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ACOUSTICAL NEWS—USA
Elaine Moran
Acoustical Society of America, Suite 1NO1, 2 Huntington Quadrangle, Melville, NY 11747-4502

Editor’s Note: Readers of this Journal are encouraged to submit news items on awards, appointments, and other activities about
themselves or their colleagues. Deadline dates for news items and notices are 2 months prior to publication.

New Fellows of the Acoustical Society of America

ASA members receive awards from ASME
International

Jan D. Achenbach was named an honorary member of the American
Society of Mechanical Engineers~ASME International!. The award citation
read: ‘‘For research and teaching excellence and more than 350 scholarly
publications highlighting new analytical and experimental work in quantita-

tive nondestructive evaluation, wave propagation in elastic solids, and frac-
ture mechanics, among other areas.’’

Dr. Achenbach is Walter P. Murphy and Distinguished McCormick
School Professor, Department of Civil and Environmental Engineering and
Director, Center for Quality Engineering and Failure Prevention at North-
western University in Evanston, Illinois.

Ira Dyer has been named the 2002 recipient of the Per Bruel Gold
Medal for Noise Control and Acoustics. The award citation reads as follows:

George E. Ioup—For contributions to
signal processing in underwater acous-
tics.

Hugh McDermott—For signal process-
ing that improves speech recognition
with cochlear implants.

Colette M. McKay—For contributions
to measurement and improvement of
speech recognition with cochlear im-
plants.

Philip A. Nelson—For contributions to
active control and auralization.

Jack Randorff—For contributions to
education in the practical applications of
architectural acoustics and noise control.

SOUNDINGS

1J. Acoust. Soc. Am. 113 (1), January 2003 0001-4966/2003/113(1)/1/3/$19.00 © 2003 Acoustical Society of America



‘‘For establishing research and educational programs in ocean engineering
and original contributions to the understanding of underwater acoustics,
flow-generated noise, ocean ambient noise, and structural acoustics.’’

Dr. Dyer is retired Professor of Ocean Engineering, Massachusetts
Institute of Technology. He received the ASA R. Bruce Lindsay Award~for-
merly Biennial Award! in 1960 and the Gold Medal of the Acoustical Soci-
ety of America in 1996. Professor Dyer also served as ASA Vice President
~1973–74! and President~1986–87! and is currently the Chair of the Com-
mittee on Investments.

Advanced-degree dissertations in acoustics
Editor’s note:Abstracts of Doctoral and Master’s theses will be wel-

comed at all times. Please note that they must be limited to 200 words, must
include the appropriate PACS classification numbers, and formatted as
shown below. If sent by postal mail, note that they must be double-spaced.
The address for obtaining a copy of the thesis is helpful. Submit abstracts to:
Acoustical Society of America, Thesis Abstracts, Suite 1NO1, 2 Huntington
Quadrangle, Melville, NY 11747-4502, E-mail: asa@aip.org

Acoustic scattering from fluid-loaded finite cylindrical shells. He-
lical waves: Time-domain analysis and resonance complete iden-
tification [43.20.Ks, 43.40.Ey, 43.40.Fz, 43.20.Fn]—Lionel Haumesser,
Laboratoire d’Acoustique Ultrasonore et d’Electronique, Universite´ du
Havre, Le Havre, France, December 2001 (Doctoral Thesis).Acoustic pres-
sure scattered from fluid-loaded finite cylindrical shells is experimentally
and theoretically investigated. Spectral and time-domain signatures of such
objects are interpreted in terms of resonances and propagations of surface
waves. The scatterers are made of stainless steel, with inner to outer radii
ratio equal to 0.83 and 0.97. They are excited under the far-field conditions
by broadband ultrasonic signals (10,k1a,60), for incidence angles be-
tween 0° ~normal incidence to the shell main axis! and 50°. Resonance
vibration modes are experimentally determined by using two bistatic experi-
mental setups: the first leads to the identification of circumferential modes
(n) and the second yields the identification of axial modes (m). The results
are in agreement with those obtained with a hybrid modal theoretical ap-
proach combining elasticity theory and Kirchhoff diffraction integral. Reso-
nances present in backscattered spectral responses, associated withS0 and
T0 helical waves, are completely identified~nature of the wave, frequency,
n, m). Time-domain responses are analyzed by a geometrical model linking
wave helical travel paths on the shell to echo arrival times of theT0 wave.
This geometrical approach also enables the consideration of effects due to
the presence of an internal plate bulkhead.

Thesis advisor: Professor Ge´rard Maze.

Copies of this thesis written in French can be obtained from Professor G.
Maze, LAUE, Universite´ du Havre, BP4006 Pl. R. Schuman, 76610 Le
Havre, France. E-mail address: maze@iut.univ-lehavre.fr

USA Meetings Calendar

Listed below is a summary of meetings related to acoustics to be held
in the U.S. in the near future. The month/year notation refers to the issue in
which a complete meeting announcement appeared.

2003
13–15 March American Auditory Society Annual meeting, Scottsdale,

AZ @American Auditiory Society, 352 Sundial Ridge
Cir., Dammeron Valley, UT 84783; Tel.: 435-574-0062;
Fax: 435-574-0063; E-mail: amaudsoc@aol.com;
WWW: www.amauditorysoc.org#.

28 April–2 May 145th Meeting of the Acoustical Society of America,
Nashville, TN @Acoustical Society of America, Suite
1NO1, 2 Huntington Quadrangle, Melville, NY 11747-
4502; Tel.: 516-576-2360; Fax: 516-576-2377; E-mail:
asa@aip.org; WWW: asa.aip.org#.

5–8 May SAE Noise & Vibration Conference & Exhibition,

Traverse City, MI@P. Kreh, SAE International, 755 W.
Big Beaver Rd., Suite 1600, Troy, MI 48084; Fax: 724-
776-1830; WWW: http://www.sae.org#.

23–25 June NOISE-CON 2003, Cleveland, OH@INCE Business Of-
fice, Iowa State University, 212 Marston Hall, Ames, IA
50011-2153; Fax: 515-294-3528; E-mail:
ibo@ince.org#.

5–8 Oct. IEEE International Ultrasonics Symposium, Honolulu,
HI @W. D. O’Brien, Jr., Bioacoustics Research Lab.,
University of Illinois, Urbana, IL 61801-2991; Fax:
217-244-0105; WWW: www.ieee-uffc.org#.

10–14 Nov. 146th Meeting of the Acoustical Society of America,
Austin, TX @Acoustical Society of America, Suite
1NO1, 2 Huntington Quadrangle, Melville, NY 11747-
4502; Tel.: 516-576-2360; Fax: 516-576-2377; E-mail:
asa@aip.org; WWW: asa.aip.org#.

2004
24–28 May 75th Anniversary Meeting~147th Meeting! of the

Acoustical Society of America, New York, NY@Acous-
tical Society of America, Suite 1NO1, 2 Huntington
Quadrangle, Melville, NY 11747-4502; Tel.: 516-576-
2360; Fax: 516-576-2377; E-mail: asa@aip.org;
WWW: asa.aip.org#.

3–7 Aug. 8th International Conference of Music Perception and
Cognition, Evanston, IL@School of Music, Northwest-
ern University, Evanston, IL 60201; WWW:
www.icmpc.org/conferences.html#.

15–19 Nov. 148th Meeting of the Acoustical Society of America,
San Diego, CA@Acoustical Society of America, Suite
1NO1, 2 Huntington Quadrangle, Melville, NY 11747-
4502; Tel.: 516-576-2360; Fax: 516-576-2377; E-mail:
asa@aip.org; WWW: asa.aip.org#.

Cumulative Indexes to the Journal of the
Acoustical Society of America

Ordering information: Orders must be paid by check or money order in
U.S. funds drawn on a U.S. bank or by Mastercard, Visa, or American
Express credit cards. Send orders to Circulation and Fulfillment Division,
American Institute of Physics, Suite 1NO1, 2 Huntington Quadrangle,
Melville, NY 11747-4502; Tel.: 516-576-2270. Non-U.S. orders add $11 per
index.

Some indexes are out of print as noted below.
Volumes 1–10, 1929–1938: JASA and Contemporary Literature, 1937–
1939. Classified by subject and indexed by author. Pp. 131. Price: ASA
members $5; nonmembers $10.
Volumes 11–20, 1939–1948:JASA, Contemporary Literature, and Patents.
Classified by subject and indexed by author and inventor. Pp. 395. Out of
print.
Volumes 21–30, 1949–1958:JASA, Contemporary Literature, and Patents.
Classified by subject and indexed by author and inventor. Pp. 952. Price:
ASA members $20; nonmembers $75.
Volumes 31–35, 1959–1963:JASA, Contemporary Literature, and Patents.
Classified by subject and indexed by author and inventor. Pp. 1140. Price:
ASA members $20; nonmembers $90.
Volumes 36–44, 1964–1968: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 485. Out of print.
Volumes 36–44, 1964–1968: Contemporary Literature. Classified by sub-
ject and indexed by author. Pp. 1060. Out of print.
Volumes 45–54, 1969–1973: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 540. Price: $20~paperbound!; ASA
members $25~clothbound!; nonmembers $60~clothbound!.
Volumes 55–64, 1974–1978: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 816. Price: $20~paperbound!; ASA
members $25~clothbound!; nonmembers $60~clothbound!.
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Volumes 65–74, 1979–1983: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 624. Price: ASA members $25~paper-
bound!; nonmembers $75~clothbound!.Volumes 75–84, 1984–1988:JASA
and Patents. Classified by subject and indexed by author and inventor. Pp.
625. Price: ASA members $30~paperbound!; nonmembers $80~cloth-
bound!.

Volumes 85–94, 1989–1993: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 736. Price: ASA members $30~paper-
bound!; nonmembers $80~clothbound!.
Volumes 95–104, 1994–1998:JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 632. Price: ASA members $40~paper-
bound!; nonmembers $90~clothbound!.
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BOOK REVIEWS

P. L. Marston
Physics Department, Washington State University, Pullman, Washington 99164

These reviews of books and other forms of information express the opinions of the individual reviewers
and are not necessarily endorsed by the Editorial Board of this Journal.

Editorial Policy: If there is a negative review, the author of the book will be given a chance to respond to
the review in this section of the Journal and the reviewer will be allowed to respond to the author’s
comments. [See ‘‘Book Reviews Editor’s Note,’’ J. Acoust. Soc. Am. 81, 1651 (May 1987).]

Seismic Ray Theory

Vlastislav Cerveny

Cambridge University Press, New York, 2001.
vii1713 pp. Price: $130.00 (hardcover) ISBN: 0521366712.

The bookSeismic Ray Theoryby V. Cerveny is concerned with the
theory of high-frequency body wave propagation in an inhomogeneous, an-
isotropic elastic solid. The book is the most complete description of this
topic that is currently available. The author is exceptionally well qualified to
write such a book as he has made many fundamental contributions to the
material covered.

The book is comprised of six chapters. The first provides a brief over-
view of the book. In Chap. 2 the elastodyanmic equations of motion in an
inhomogeneous, anisotropic 3-d elastic medium are introduced. Elementary
plane wave solutions and Green’s function solutions are discussed, and the
equations governing high-frequency asymptotic wave motion are systemati-
cally developed. Anisotropy, first introduced here, remains a central theme
throughout the book. Chapter 3 is concerned with the solution to the coupled
ray and travel time equations in 3-d environments. Chapter 4 develops dy-
namic ray tracing wherein the evolution of ray variational quantities follow-
ing ray trajectories is described. The propagator matrix is introduced. Chap-
ter 5 is concerned with the calculation of ray amplitudes. Included are
discussion of Gaussian beam summation methods and the Maslov–
Chapman integral. Chapter 6 is concerned with the time domain—the con-
struction of the transient response, a synthetic seismogram, to transient forc-
ing.

All of the material presented is developed from basic concepts, so the
reader need not have any a priori knowledge of ray methods or waves in
elastic solids. A moderately strong mathematical background~familiarity
with complex variables, integral transforms, and vector and tensor calculus!
and some knowledge of basic continuum mechanics is assumed, however.
While some mathematical skill is required, Cerveny does a good job of
keeping the focus on the physics, not allowing the mathematics to become a
distraction. The focus of the book is clearly and consistently on the theory of
ray methods in seismic wave propagation. The theory behind some numeri-
cal methods is discussed, but numerical methods are themselves not a focus.
Practical issues relating to seismic data interpretation are not considered.
The choice of material covered is fairly traditional with an emphasis on
results that are needed to solve seismic body wave problems. Some less
traditional topics such as ray chaos, the catastrophe classification of caustics,
and the use of space–time rays to model surface~Rayleigh and Love! wave
propagation problems are discussed, but only very briefly.

Two clear strengths of the book are its treatment of elastic media,
including anisotropy and dissipative effects, and its treatment of the time
domain, i.e., the construction of synthetic seismograms. The strong focus on
transient wavefields is not surprising, as in seismic applications fixed fre-
quency wavefields are of interest only insofar as they can be used to con-
struct transient wavefields. Sadly, the time domain is poorly treated in many
books on acoustics, and is poorly understood by many acousticians.

Readers interested primarily in the application of ray methods to sound
propagation in fluids might be frustrated by the strong focus of the book on
elastic media. The acoustic problem is, of course, a special case, but some
fluid-specific problems such as sound propagation in the presence of back-
ground flow are not treated. Also, there is no treatment of wave propagation

in fluid-saturated porous elastic media; marine sediments are often treated
using models of this type. The scattering of sound by discrete elastic objects
is also not considered in the book; ray methods are very useful in this
context as well.

The comments above about omitted topics should not be interpreted as
a criticism of the book; rather, they should be interpreted as a warning to
potential readers and purchasers of the book not to expect an encyclopedic
survey of ray methods. Overall, I think that Cerveny’s choice of topics
covered is quite sensible in that it allowed him to maintain a clear focus
throughout the book.

The style of the book is simultaneously that of textbook and mono-
graph: textbook because all results presented are derived from basic prin-
ciples; and monograph because the results presented are current and the
bibliography extensive. There are no exercises, however, so the utility of the
book as a textbook is limited.

Cerveny is a distinguished scholar who has made many fundamental
contributions to the study of seismic body wave propagation, especially in
the area of Gaussian beam summation methods. Because of his stature and
considerable experience, I would have welcomed a more critical
discussion—even if it were biased—of different ray-based methods, and ray
methods generally. For instance, the Maslov–Chapman wavefield represen-
tation is described and its connection to a Gaussian beam sum is noted, but
there is no discussion of the relative advantages and disadvantages of each
representation.

Seismic Ray Theoryis ideally suited to researchers, including graduate
students, whose work involves the interpretation of body wave seismo-
grams. Indeed, for this group, I think thatSeismic Ray Theorywould be an
indispensable reference. I expect that even experienced body wave seis-
mologists would likely learn a great deal from reading the book. The book is
also well suited to researchers in other fields who want to learn about how
ray methods are applied in seismic applications. The book could be used as
a textbook in an advanced graduate level course on seismic ray methods, or
portions of the book could be assigned as supplementary reading in an
introductory graduate level course on theoretical seismology. Its utility as a
textbook is somewhat limited, however, by the lack of exercises.

MICHAEL G. BROWN
Rosenstiel School of Marine and Atmospheric Science
University of Miami
4600 Rickenbacker Cswy.
Miami, Florida 33149

Fundamentals and Applications of Ultrasonic
Waves

David Cheeke

CRC Press, Boca Raton, 2002.
360 pp. Price: $99.95 (hardcover) ISBN: 0849301300.

We learn from the Preface that Cheeke has written this book as a text
for senior undergraduate and graduate students in a one semester course in
ultrasonics. He starts with a chapter giving an overview of ultrasonics cov-
ering the history of the subject and outlining its principal divisions. This
should be useful to beginning students and specialists in other fields. The
second chaptertakes us into the basics of vibrations, including a brief sur-
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vey of Fourier theory. Wave motion is introduced using the string in vibra-
tion, not usually regarded as an ultrasonic phenomenon. We then move onto
three-dimensional waves, dispersion, group velocity, and wave packets.
Chapter 3examines bulk waves in fluids starting with a derivation of the
one-dimensional wave equation. There are discussions of the velocity in
gases and liquids based on physical theories, and then impedance, energy
density, and intensity are introduced. Poynting vector, attenuation due to
viscosity, and attenuation are discussed finishing with the concept of relax-
ation.Chapter 4brings us to the theory of elasticity. Starting with a review
of tensor analysis we proceed through the strain and stress tensors and then
the generalized form of Hooke’s law, finishing by determining equivalencies
between different forms of elastic constants. Advanced mathematical pre-
sentations such as this are not usually found in ultrasonic texts.Chapter 5
takes us into the elastodynamics of bulk acoustic waves in solids. The pre-
sentation starts with one-dimensional waves and then an extension of the
argument to three dimensions using analogies from electromagnetic theory.
There is a useful discussion of material properties including a descriptive
treatment of attenuation theory from solid state physics.Chapter 6covers
radiation theory with an emphasis on problems related to ultrasonic beams.
It begins with the spherical source, and continues into a discussion of the
circular piston radiator. There are descriptive treatments of scattering, fo-
cussed acoustic waves, radiation pressure, and the Doppler effect. A rather
unusual feature of the book is its unified treatment of reflection and trans-
mission at interfaces which is presented inChap. 7. Most of the subtopics
here are to be found in standard texts with the exception of the solid–fluid
interface which is covered in some detail, and provides a good prelude to the
discussion of surface waves. The concept of slowness is introduced.Chapter
8 is devoted to surface~Rayleigh! waves. Rayleigh’s basic theory is re-
viewed, showing that waves can propagate with energy confined to a solid–
vacuum interface. For a fluid-loaded surface there are various possibilities
including a pure lossless mode, called a Stoneley Wave, and various ‘‘leaky’’
Rayleigh waves. The topic of displacement of beams of finite widths, when
being reflected, is discussed. Other waves known as Schmidt head waves are
summarized.Chapter 9covers Lamb waves which propagate in plates. The
same potential method is used as for reflection of bulk waves and Rayleigh
waves, but in this case the presence of the second boundary leads to sym-
metric and antisymmetric solutions. Fluid-loading effects are discussed and
then fluid-loaded cylinders with mention of creeping waves. InChap. 10
Cheeke introduces partial wave analysis as a technique for analysis of
acoustic waveguides which can be used more generally than the potential
method. He starts with horizontal shear~SH! modes and rederives results for
Lamb and Rayleigh waves. We then move on to layered substrates as a case
first studied in seismology but also of interest in nondestructive evaluation
~NDE! of multilayered electronics. Love waves are modified SH waves
which propagate in a thin crust on a half-space. Conditions for trapping or
leakage are examined. There are similar analyses for Lamb and Stoneley
waves. There is a brief review of guided waves in multilayered structures.
The cylinder as a waveguide is a classical problem which Cheeke simply
summarizes. The chapter is concluded with a discussion of general consid-
erations in the design of acoustic waveguides.Chapter 11covers crystal
acoustics. Cheeke derives the Christoffel equation which is the basis for
finding the phase velocities of the three waves which can propagate in an
anisotropic medium. The cubic crystal is taken as a specific example. The
Poynting vector does not necessarily coincide with the phase velocity direc-
tion. The thermodynamic theory of piezoelectricity is also included in this
chapter as also the concept of piezoelectric coupling factor. This leads us on
to Chap. 12where we encounter piezoelectric transducers, delay lines, and
analog signal processing. An equivalent circuit for a bulk acoustic wave
~BAW! transducer was first proposed by Mason. The BAW and later the
surface acoustic wave~SAW! transducer led to the development of the delay
line which was of importance during World War II because the velocity of
acoustic waves is 1025 times that of light so that the dimensions of the
devices became practicable. SAW devices are compatible with microelec-
tronic technology and have become the basis of a whole signal processing
technology. The discussion here follows G. S. Kino’s ‘‘Acoustic Waves:

Devices, Imaging, and Analog Signal Processing.’’Chapter 13is perhaps
the most original in the book in that it contains more of Cheeke’s research
interests on acoustic microsensors. He starts by describing the action of the
thickness-shear mode~TSM! resonator whose resonance frequency is al-
tered by an absorbed thin film. TSM resonators may be used in liquids. SAW
sensors are very sensitive to surface environment changes and a number of
examples are given. SH type sensors are described as also flexural plate
wave ~FPW! sensors and thin rod sensors. These devices can be used for
gravimetric measurements of deposits, and density and viscosity of liquids.
Other applications include temperature, flow, and level sensing. Chemical
gas sensors detect, identify, and measure the concentration of chemical spe-
cies in a gaseous environment. Gas chromatography with acoustic detection
and biosensing are discussed.Chapter 14covers acoustic microscopy. The
scanning acoustic microscope~SAM! was developed by Lemons and Quate
in 1973 and is now used in NDE of microelectronics and imaging of bio-
logical samples. The SAM does not have the problems of optical micro-
scopes. Topics such as resolution, lens design, contrast mechanisms, and
measurements are covered in some detail. Finally, details of some applica-
tions are given, including the imaging of biological samples, films and sub-
strates, and NDE of materials and devices. The chapter finishes with an
assessment of the subject in which Cheeke opines that the future lies with
the application of atomic force microscopy to acoustic imaging.Chapter 15
is a review of NDE of materials covering some modern developments hav-
ing application in microelectronics. The material here shows how the theory
of Chaps. 7–9 can be applied in practice. The emphasis is on Rayleigh wave
NDE, critical angle reflectivity, Lamb waves, and inversion techniques for
layered structures, especially the modal frequency spacing method. There
are sections on measurements of thickness, adhesion, and cladding.Chapter
16 comprises some special topics which Cheeke believes to be of future
potential importance in ultrasonics. He starts with multiple scattering, a
topic of concern in several areas, with emphasis on Biot’s theory of multiple
scattering by solid particles in liquids. This is followed by a discussion of
time reversal, a technique with the potential to improve signals received in
situations with multiple scattering. Picosecond ultrasonics, or the use of
extremely short pulses, generated by lasers, for example, is discussed as also
air-coupled ultrasonics. The chapter concludes with a section on resonant
ultrasonic spectroscopy, a variant of acoustic signature analysis.Chapter 17,
which concludes the volume, is on cavitation and sonoluminescence~SL!. It
begins with a review of bubble dynamics drawing on T. G. Leighton’s ‘‘The
Acoustic Bubble.’’ The reader becomes acquainted with such concepts as
cavitation threshold, cavitation noise, subharmonics, etc. Older work using
sound fields containing many bubbles and the features of SL under such
conditions is summarized. The opening up of the subject that occurred after
the perfection of techniques for studying SL from single bubbles is then
described. The interesting recent work which points to a dissociation mecha-
nism as the explanation of SL is summarized well. However, practical ap-
plications of cavitation, such as cleaning and processing are not mentioned.

The book would be suitable for physicists and mechanical and electri-
cal engineers. Previous books on ultrasonics are not referred to, perhaps
because they are heavily technological, although Cheeke stresses in the Pref-
ace that applications are to receive emphasis in the volume. In comparison
with earlier books, the approach is quite mathematical and the work could in
fact pass for a treatise on physical acoustics. Another similar indication is
the omission of any discussion of systems theory and digital signal process-
ing, on which some of the most important developments in medical ultra-
sonics and NDE depend. With these exceptions the book is a good addition
to the ultrasonics literature in general and should be invaluable to workers in
the NDE of microelectronics in particular.

ROBERT D. FINCH
Department of Mechanical Engineering
University of Houston
Houston, Texas 77204
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REVIEWS OF ACOUSTICAL PATENTS
Lloyd Rice
11222 Flatiron Drive, Lafayette, Colorado 80026

The purpose of these acoustical patent reviews is to provide enough information for a Journal reader to
decide whether to seek more information from the patent itself. Any opinions expressed here are those of
reviewers as individuals and are not legal opinions. Printed copies of United States Patents may be
ordered at $3.00 each from the Commissioner of Patents and Trademarks, Washington, DC 20231.
Patents are available via the Internet at http://www.uspto.gov.
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5,802,013

43.28.En MOBILE SENSOR FOR GROUND
PENETRATING SONAR

Ronald Lee Earp, assignor to Lucent Technologies Incorporated
1 September 1998„Class 367Õ178…; filed 9 June 1997

A system for searching for buried objects in the ground, such as pipes,
consists of a mobile transmitter unit10 containing two loudspeakers12 and
13 mounted in a tube14 which is aimed at the ground. The two loudspeak-
ers are driven 180 degrees out-of-phase and separated so as to maximize the
energy into the ground. UnitRTR consists of a hollow PVC tube17 sup-
ported by a silicon rubber wheel16 that rolls along the ground in concert

with the transmitter unit10. Inside, and in intimate contact with tube17 is
a sensor unit that receives echoes from any buried objectBP. Monitor MON
is shown mounted on the transmitter unit. A second identical unitRTR
could be deployed on the left of the transmitter and the outputs of the two
sensors could be differenced to increase discrimination against false returns
when there are no actual targets.—WT

5,925,821

43.28.Ra DEVICE FOR MEASURING NOISE IN A
PIPE TRAVERSED BY A FLUID

Philippe Bousquet, assignor to Societe National Industrielle
20 July 1999„Class 73Õ592…; filed in France 17 June 1997

A pipe section10 is inserted into some fluid-conducting pipe system
~air is the only fluid discussed in this patent! for the purpose of making noise
measurements. The pipe section10, of the same cross-sectional size as the
initial pipe 16, has an elongated slot18 covered with a resistive material24

which is transparent to the noise but which confines the fluid. The slot is
capped by structure26 which creates a rigid-walled, shallow, rectangular,
parallelepiped-shaped cavity. Two wedge-shaped shims30 define the ends
of the cavity and are said to permit good impedance matching of the device
with the pipe and to limit the influence of evanescent waves. One or more
microphones34 are mounted in holes32 spaced along the cavity such that
their diaphragms36 are flush with the inner face of the cavity.—WT

5,787,048

43.30.Nb SHIP WAKE SIGNATURE SUPPRESSION

Matthew J. Sanford, assignor to the United States of America as
represented by the Secretary of the Navy

28 July 1998„Class 367Õ1…; filed 6 May 1997

By injecting ultrasonic energy~frequency range from 0.5 to 2.5 MHz!
into a ship’s wake, by means of a transducer towed by the ship, for example,
microbubbles of the size 1000 microns or less are caused to coalesce into
bigger bubbles which rapidly rise to the surface and disperse into the atmo-
sphere. This has the effect of altering the ship’s signature and reducing its
detectability.—WT
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5,796,679

43.30.Xm DOPPLER VELOCIMETER FOR
MONITORING GROUNDWATER FLOW

Norbert E. Yankielun, assignor to the United States of America as
represented by the Secretary of the Army

18 August 1998„Class 367Õ99…; filed 14 June 1995

The direction and velocity of groundwater flow are determined by
inserting a source and a number of separated sensors, whose positions are
known relative to that of the source, into a bore hole below the water table
level and observing the Doppler shift in various directions. The resulting
velocity components are then added vectorially.—WT

5,784,341

43.30.Yj UNDERWATER ACOUSTIC TRANSMITTER
FOR LARGE SUBMERSION

Eric Sernit et al., assignors to Thomson-CSF
21 July 1998„Class 367Õ155…; filed in France 14 October 1994

A sonar transducer consists of a stack of coaxial, equi-sized, concen-
tric, piezoceramic cylinders~only the top one,101, is tagged!. In this em-
bodiment, the piezoceramic is tangentially polarized. The cylinders are iso-
lated from one another and from the housing cylinder303 by a series of
three-layer washer shaped decouplers301 ~again, only one of them is
tagged!. The three layers consist of a hard rigid washer sandwiched between
two flexible and elastic washers. The inner layer resists crushing due to large

hydrostatic pressures while the outer layers allow relatively free movement
of the piezoceramic cylinders with respect to one another. A series of cen-
tering annuli302 position the stack of piezoceramic cylinders on the hous-
ing cylinder 303 and also provide vibration decoupling. End caps306 and
307 and an acoustically transparent sleeve309 complete the assembly.
Flanges304 and305 of cylinder 303 support the hydrostatic force exerted
on the end caps306 and307.—WT

6,418,082

43.30.Yj BOTTOM MOORED AND TETHERED
SENSORS FOR SENSING AMPLITUDE
AND DIRECTION OF PRESSURE WAVES

Warren C. Hollis and Mildred H. Hollis, assignors to Lockheed
Martin Corporation

9 July 2002„Class 367Õ118…; filed 22 June 2000

A bottom-moored and tethered sensor system consists of a pair of
orthogonally oriented directional hydrophones, e.g., DIFAR sensors, housed
in a buoyant chamber which is tethered a fixed distance from the ocean’s
bottom. The tether also orients the plane, defined by the principal response
axes of the pair of hydrophones, so that it is parallel to the surface of the
ocean. The chamber also houses a compass to provide a directional
magnetic-reference signal. By determining the angle between the directional
magnetic-reference signal and the output signals of the hydrophones, the
sensor system is able to compute heading information about a detected
target. A transmitter within the chamber communicates this information ei-
ther over a signal cable to a shore-based receiver or via radio. The system is
potentially a low cost, reusable, surveillance system, deployable in a wide
range of water depths, and featuring a long operating life since it can be
powered from a shore-based site via the signal/power cable.—WT

6,392,167

43.35.Pt ACOUSTIC TOUCH POSITION SENSING
SYSTEM WITH LARGE TOUCH SENSING
SURFACE

Yoshikatsu Nakagawa, assignor to Ricoh Company, Limited
21 May 2002„Class 178Õ18.04…; filed in Japan 7 May 1998

Touch screen technology includes more than the mouseless computer
screens found in warehouse operations and retail stores. A demand exists for
much larger displays as well. A typical touch screen may use an acoustic-
positioning system in which an array of transmitters2X1 generates parallel
acoustic waves that travel across a substrate to an array of receivers2X2 on
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the opposite edge. A second pair of arrays2Y1, 2Y2 is oriented at appro-
priate angles to the first pair. This arrangement has proved successful for
screen widths up to 1.25 m. The described invention is similar, but generates
and detects a Barker sequence of pseudo-random noise. Because the detect-
ing means includes amplitude and phase rather than relying on amplitude
alone, the signal-to-noise ratio is substantially increased and screen size can
be increased accordingly.—GLA

6,411,748

43.35.Sx WIDE TUNING RANGE ACOUSTO-
OPTICAL FIBER BRAGG GRATING FILTER „FBGF…

Lawrence E. Foltzer, assignor to Alcatel USA Sourcing, L.P.
25 June 2002„Class 385Õ7…; filed 17 July 2000

This patent describes an acousto-optical filter having a wide tuning
range and also the method of constructing the device. An acoustic transducer
is provided to generate an acoustic pressure wave at a specific frequency
that is propagated longitudinally along an optical fiber member. The pres-
sure wave generates alternating localized compressions and rarefactions in
the optical fiber in such a manner that a grating~i.e., periodic changes in the
fiber’s refractive index! is created therein. The grating reflects optical signals
of a particular wavelength depending on its period or pitch~i.e., Bragg
resonance wavelength!. The acoustic transducer modulates the frequency so
that a variable grating pitch is obtained, causing a corresponding change in
the Bragg resonance of the grating. In response, a reflected optical signal
selected from the incoming multiplexed optical signals tunes to a different
wavelength. A close-looped controller is provided for controlling input sig-
nals to the acoustic transducer/actuator so as to modulate the tuning of the
reflected optical signals.—DRR

6,406,443

43.35.Wa SELF-CONTAINED ULTRASOUND
APPLICATOR

Roger J. Talish, assignor to Exogen, Incorporated
18 June 2002„Class 601Õ2…; filed 13 June 2000

This self-contained ultrasound applicator is designed for treating inju-
ries. It consists of a cantilever connected to a mounting structure and an
ultrasonic transducer positioned adjacent to a distal portion of the cantilever

for abutment with a treatment site. The applicator also includes a means for
attaching it to a treatment site. For mounting, the cantilever is configured to
essentially bias the ultrasonic transducer toward a treatment area.—DRR

6,406,429

43.35.Yb DETECTION OF CYSTIC STRUCTURES
USING PULSED ULTRASONICALLY INDUCED
RESONANT CAVITATION

Yoseph Bar-Cohen and John S. Kovach, assignors to City of
Hope; California Institute of Technology

18 June 2002„Class 600Õ438…; filed 23 August 2000

This patent covers an apparatus and method for early detection of
cystic structures indicative of ovarian and breast cancers. Ultrasonic wave
energy at a unique resonant frequency is used to induce cavitation in the
cystic fluid which is characteristic of the cystic structures in the ovaries
associated with ovarian cancer and in the breast associated with breast can-
cer. Cavitation bubbles in the cystic fluid implode, generating implosion
waves that are detected by ultrasonic receiving transducers attached to the
patient’s abdomen. Moving the transducers allows the detected signals to be
processed and analyzed to identify the location and the structure of the
cysts.—DRR

6,409,669

43.35.Yb ULTRASOUND TRANSDUCER ASSEMBLY
INCORPORATING ACOUSTIC MIRROR

Richard A. Hager and David W. Clark, assignors to Koninklijke
Philips Electronics N.V.

25 June 2002„Class 600Õ447…; filed 24 February 1999

The subject ultrasonic transducer assembly contains an acoustic mir-
ror, an ultrasound transducer positioned to direct a scanned ultrasound beam
at the acoustic mirror, and an actuating device for moving the mirror relative
to the scanned ultrasonic beam so that the reflected beam scans a three-
dimensional volume. An ultrasonic impedance matching fluid may be de-
ployed between the transducer and the mirror. The actuating device may
configure the mirror by translation or by rotation and translation. The mirror
may either have a single acoustically reflective surface or it may be a poly-
gon having many acoustically reflective surfaces.—DRR

6,409,670

43.35.Yb HIGH SAMPLE RATE DOPPLER
ULTRASOUND SYSTEM

Lin Xin Yao and Gan Yao, assignors to Siemens Medical Solutions
USA, Incorporated

25 June 2002„Class 600Õ453…; filed 27 April 2000

This method entails receiving Doppler ultrasound signals at a high
sample rate, at greater depths, and from a large range gate size by increasing
the length of time during which echoes can be received with respect to the
time required to transmit the Doppler pulses from which the echo signals are
generated. In one embodiment, a Doppler pulse is transmitted for a time
equal to the time required for an ultrasonic sound wave to travel from a
transducer to a top of a range gate and back. Echo signals created in re-
sponse to the long Doppler pulse are received for a time equal to the trans-
mit time plus the time required for an ultrasonic wave to travel from the top
of the range gate to the bottom of the range gate. In another embodiment,
each transducer element transmits a phase-shifted Doppler pulse in which
the phase-shift is selected on the basis of the time required for an ultrasonic
sound wave to travel from the transducer to a desired focal point. Being
transmitted simultaneously, the pulse arrive at different times at the focal
point and constructively add up. Echo signals created in response to the sum
of the pulses can be sampled at substantially any rate to analyze the moving
blood flow in the area of tissue defined by a range gate.—DRR
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6,417,857

43.35.Yb SYSTEM ARCHITECTURE AND METHOD
FOR OPERATING A MEDICAL DIAGNOSTIC
ULTRASOUND SYSTEM

David J. Finger et al., assignors to Acuson Corporation
9 July 2002„Class 345Õ505…; filed 21 June 2001

A method and system are described for processing, transferring, and
storing ultrasound data and other information. The apparatus includes a
memory, a programmable single-instruction multiple-data~SIMD! processor
~or two symmetric processors!, a source of acoustic data~such as a data
bus!, and a system bus. A number of embodiments are described. One em-
bodiment includes an interface driver that translates logical addresses asso-
ciated with ultrasound data to physical addresses for storage in a memory.
Another embodiment features a programmable SIMD processor that pro-
cesses ultrasound image data.—DRR

6,391,653

43.35.Zc ACOUSTIC STANDING-WAVE
ENHANCEMENT OF A FIBER-OPTIC SALMONELLA
BIOSENSOR

Stephen V. Letcheret al., assignors to The Board of Governors for
Higher Education, State of Rhode Island and Providence
Plantations

21 May 2002„Class 436Õ518…; filed 19 July 2000

The patent explains that detection of fluorescence or luminescence
from biological reactionsin vivo is used in many biosensor applications. The
process requires that dye molecules find their way to the optically active
region of a fiberoptic sensor. One technique for concentrating microparticles
into the desired area utilizes the force field generated by a stationary ultra-
sonic wave. The patent describes a further improvement in which a biosen-
sor test chamber serves as an ultrasonic standing-wave cell, allowing micro-
spheres or cells to be concentrated in parallel layers or in a column along the
axis of the chamber. The entire complex is manipulated acoustically.—GLA

6,401,538

43.35.Zc METHOD AND APPARATUS FOR
ACOUSTIC FLUID ANALYSIS

Wei Han et al., assignors to Halliburton Energy Services,
Incorporated

11 June 2002„Class 73Õ599…; filed 6 September 2000

The invention is concerned with downhole testing in oil and gas wells.
In a preferred embodiment ultrasonic transducers12 and18 alternately emit
tone bursts and the resulting scattered signals are picked up by receivers14
and 16. Relative amplitudes of the received signals can then be used to

calculate a parameter related to scattering angles. ‘‘By comparing the cal-
culated parameter with known values in a database, the sample can be
characterized.’’—GLA

6,401,540

43.35.Zc METHOD AND APPARATUS FOR
DETECTING INTERNAL STRUCTURES OF BULK
OBJECTS USING ACOUSTIC IMAGING

Vance A. Deason and Kenneth L. Telschow, assignors to Bechtel
BWXT Idaho, LLC

11 June 2002„Class 73Õ657…; filed 29 February 2000

‘‘Acoustic imaging’’ captures the phase and amplitude of an acoustic
wave after it has passed through an object, then uses wave reconstruction
techniques to produce an optical image for study and analysis. In some
systems an array of microphones picks up a secondary airborn acoustic
signal. In other systems the object is immersed in water and an optical
hologram is produced at the surface of the liquid. This invention attempts
to achieve greater resolution by optically sensing the surface displacement
of the object itself. Although the patent is more concerned with optics
than acoustics, those interested in this field will find it easy to
follow.—GLA

5,870,482

43.38.Bs MINIATURE SILICON CONDENSER
MICROPHONE

Peter V. Loeppert and David E. Schafer, assignors to Knowles
Electronics, Incorporated

9 February 1999„Class 381Õ174…; filed 25 February 1997

An alternate configuration of the moveable diaphragm of a miniature
capacitor microphone consists of making this diaphragm the free end por-
tion of a thin cantilevered beam. The fixed back plate of the capacitor is the
portion of a frame structure that lies beneath this free end. It is alleged that
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this configuration reduces inherent material stress in the diaphragm while at
the same time resulting in a much more compliant structure than if it were
an edge-clamped diaphragm. Several embodiments of the diaphragm, the
back plate, associated circuitry, and methods of venting the air gap to mini-
mize mechanical damping are discussed.—WT

6,393,129

43.38.Bs PAPER STRUCTURES FOR SPEAKER
TRANSDUCERS

Terry J. Conrad et al., assignors to American Technology
Corporation

21 May 2002„Class 381Õ191…; filed 16 August 1999

This patent is a continuation-in-part of four earlier patent applications,
all filed in 1998. In a conventional push–pull electrostatic loudspeaker, dia-
phragm104 is centered between perforated stators102. At least two of its
edges are clamped so that diaphragm tension establishes its position at rest.

In a separate patent application the inventors describe an alternate arrange-
ment using a nontensioned, nonplanar diaphragm. In either case, the stators,
the diaphragm, or both can be made of coated paper or cardboard to create
an inexpensive, ‘‘disposable’’ loudspeaker.—GLA

5,888,845

43.38.Bs METHOD OF MAKING HIGH SENSITIVITY
MICRO-MACHINED PRESSURE SENSORS
AND ACOUSTIC TRANSDUCERS

Rashid Bashir and Abul Kabir, assignors to National
Semiconductor Corporation

30 March 1999„Class 438Õ53…; filed 2 May 1996

A high-sensitivity micro-sized pressure sensor is achieved as a result
of creating a very thin sensing diaphragm by growing a single crystal highly
doped silicon layer on a substrate via a chemical vapor deposition~CVD!
process. The diaphragm then constitutes the movable plate of a parallel plate
capacitor and pressure variations are conventionally detected because of
changes in capacitance, hence voltage, due to the motion of the movable
plate. Because very thin diaphragms~less than one micron! can be created
via the CVD method, highly sensitive transducers can be realized.—WT

5,781,646

43.38.Fx MULTI-SEGMENTED HIGH DEFORMATION
PIEZOELECTRIC ARRAY

Samuel A. Face, Norfolk, Virginia
14 July 1998„Class 381Õ190…; filed 9 May 1997

A multi-segmented, flextensional transducer consists of a number of
piezoelectric elements30 each of which has a convex surface22 at one end
and a concave surface20 at the opposite end. These elements are arranged
end-to-end such that the convex end of one engages, or nests in, the concave
end of the next one. The extreme left and right ends of the chain are sup-
ported by suitable frames16. Items62 and 68 are electrically conductivel

layers while items64 and66 are water-proof acoustically transparent layers.
The structure is assembled with a curved profile~radius R2! as shown.
When energized, the array of piezoelectric elements experiences large de-
formations in the up–down directions, especially central element30a. The
largest deformation exceeds that which could be realized with a thin, mono-
lithic, curved piezoelectric motor section of the same size. Piezoelectric
elements30 with curved rather than pointed ends are also discussed.—WT

6,396,197

43.38.Fx PIEZOELECTRIC SPEAKER

Andrei Szilagyi and Michael Strugach, assignors to Speaker
Acquisition Sub

28 May 2002„Class 310Õ330…; filed 6 April 1998

The device is a piezoelectric driver that might be attached to a table
top or a TV cabinet. Energy from bending element26 is supposed to be
coupled to a relatively flexible mounting surface via rigid post18. However,
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since no additional inertia mass is shown or mentioned, one suspects that the
actual mode of operation would be more like a lightweight vibrating shell
spaced apart from a more massive supporting structure.—GLA

6,416,478

43.38.Hz EXTENDED BANDWIDTH ULTRASONIC
TRANSDUCER AND METHOD

John A. Hossack, assignor to Acuson Corporation
9 July 2002„Class 600Õ459…; filed 20 December 1999

The patent defines a transducer structure that can be optimized to
transmit pressure waves at one frequency and receive energy at another
frequency. This is done by arranging transducer elements in an array formed
by multiple layers of transducer material. A transceiver provides an excita-
tion signal to the transducer and receives energy from the transducer. All of
the layers are coupled to the transceiver during transmission so that all of the
layers are activated. Some of the layers are decoupled from the transceiver
during reception so that not all of the layers contribute to the received
signal. A filter circuit is also responsive to the coupling, providing additional
low-, high-, or band-pass filtering appropriate for either transmit or receive.
The pressure waves at the second frequency are responsive to tissue and/or
contrast agents.—DRR

6,389,935

43.38.Ja ACOUSTIC DISPLAY SCREEN

Henry Azima et al., assignors to New Transducers Limited
21 May 2002„Class 81Õ388…; filed 8 July 1998

Using a distributed mode~panel type! loudspeaker as a projection
screen is hardly a new idea. However, the patent includes useful information
about various ways to fabricate such a dual-purpose screen.—GLA

6,394,223

43.38.Ja LOUDSPEAKER WITH DIFFERENTIAL
ENERGY DISTRIBUTION IN VERTICAL
AND HORIZONTAL PLANES

Richard W. Lehman, assignor to Clair Brothers Audio
Enterprises, Incorporated

28 May 2002„Class 181Õ152…; filed 23 June 2000

During the past two years there has been a frenzy of activity devoted
to finding ways of transforming the acoustical output of a conventional
high-frequency driver into a coherent line source that can drive a wedge-
shaped horn. Those outside the concert sound industry may justifiably won-
der why, but an explanation is outside the scope of this patent review. One

approach is to design a simple round-to-rectangular waveguide14A, 14D
and then stack a number of these to make a seamless line array. The patent
departs from prior art by arguing that the array should form a shallow arc
rather than a straight line.—GLA

6,396,936

43.38.Ja AUXILIARY BASS RADIATOR UNITS

Stuart Michael Nevill, assignor to B&W Loudspeaker Limited
28 May 2002„Class 381Õ349…; filed in the United Kingdom 24 No-

vember 1998

Vibrating side panel10 operates as a passive radiator, performing the
same function as a tuned vent but occupying less space. Because the panel is
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hinged rather than being flexibly suspended, unwanted rocking modes are
said to be substantially avoided.—GLA

6,397,972

43.38.Ja LOUDSPEAKERS

Graham Bank and Julian Fordham, assignors to New
Transducers Limited

4 June 2002„Class 181Õ148…; filed in the United Kingdom 14 May
1999

Resilient, open-cell foam fills the cavity between the diaphragm of a
panel-type loudspeaker and the rear surface of its enclosure. The foam ab-
sorbs rear radiation and also provides a compliant suspension for the
panel.—GLA

6,404,894

43.38.Ja PACKAGING

Henry Azima et al., assignors to New Transducers Limited
11 June 2002„Class 381Õ152…; filed in the United Kingdom 2 Sep-

tember 1995

Can the lid of a box serve as the diaphragm of a panel-type loud-
speaker? Of course. But to qualify for protection under the claims of this
patent it must be a very special lid ‘‘...having selected values of certain
physical parameters which enable the member to sustain and propagate in-
put vibrational energy in a predetermined frequency range by a plurality of
resonant bending wave modes in at least one operative area extending trans-
versely of thickness such that...,’’ etc., etc., etc. The actual sentence goes on
for another 110 words!—GLA

6,377,679

43.38.Si SPEAKERPHONE

Hiroshi Hashimoto et al., assignors to Kabushiki Kaisha Kobe
Seiko Sho

23 April 2002 „Class 379Õ388.05…; filed in Japan 26 December 1996

Prior art speakerphone systems experience problems due to unwanted
interactions between the room adaptation and echo canceler operations. The
method presented here combines the two functions, using the integral of the
received line signal to estimate the echo residual and comparing the trans-
mitted line power to the past microphone signal. The result is said to be a
speakerphone with high-quality, full-duplex operation.—DLR

6,381,224

43.38.Si METHOD AND APPARATUS FOR
CONTROLLING A FULL-DUPLEX COMMUNICATION
SYSTEM

John Eugene Laneet al., assignors to Motorola, Incorporated
30 April 2002 „Class 370Õ286…; filed 31 March 1999

This combination speakerphone and echo canceler includes a gain con-
trol on the microphone signal and applies the inverse of the microphone gain
to the speaker output signal. This is said to effectively isolate the echo
canceler operation from variations in the acoustic environment.—DLR

6,381,309

43.38.Si PERSONAL COMPUTER HAVING A
SOUND CARD

Jacques Tremblay, assignor to Auristar Technologies,
Incorporated

30 April 2002 „Class 379Õ52…; filed 17 March 2000

The patent describes an extension device for use with a computer
sound card. The device decodes signals used by the Telephone Device for
the Deaf~TDD! system, allowing a deaf person to use the computer as a
TDD interface on the telephone line.—DLR

6,393,902

43.40.Yq NOISE TESTING SYSTEM WITH
TEMPERATURE RESPONSIVE SENSITIVITY

James C. Juranitch, assignor to Veri-Tek Incorporated
28 May 2002„Class 73Õ116…; filed 29 June 1998

A fairly straightforward system for testing gear noise includes a driv-
ing means, an acoustic sensor, and a temperature sensor. The test bench is
supported by isolation pads to minimize extraneous mechanical vibrations.
The testing sequence, noise analysis, and pass–fail determination are all
controlled by a computer program. Numerous practical variants are de-
scribed but, since the patent is written in pure legalese, the descriptions are
not all that easy to understand.—GLA

6,411,925

43.50.Fe SPEECH PROCESSING APPARATUS AND
METHOD FOR NOISE MASKING

Robert Alexander Keiller, assignor to Canon Kabushiki Kaisha
25 June 2002„Class 704Õ200…; filed in the United Kingdom 20

October 1998

This invention provides a method for noise masking of speech signals
to check that training examples of an automatic speech recognizer are con-
sistent in order to reduce mismatches during use. The distribution of energy
level within each frame of speech is determined and energy levels less than
a masking level are set to the masking level.—HHN

6,413,180

43.50.Gf POWER TRANSMITTING MECHANISM
WITH SILENT CHAIN AND SPROCKETS

Makoto Kanehira et al., assignors to Tsubakimoto Chain
Company

2 July 2002„Class 474Õ164…; filed in Japan 6 July 1999

A power transmitting system includes a silent chain trained around the
teeth of driving and driven sprockets and a second silent chain trained
around the teeth of a second pair of sprockets. The two driving sprockets are
mounted in a parallel relationship on a single drive shaft with the teeth of
the first offset by one half pitch from the teeth of the other. The pitch of the
driving sprockets varies randomly along the circumference of the sprockets.
The silent chains have a single pitch. By phasing the two driving sprockets,
periodic meshing impact sounds emitted from the respective silent chains
are cancelled out or offset each other. The periodicity of the meshing impact
noise is agitated by the random tooth pitch of the driving sprockets to such
an extent that the resonant sound is sufficiently reduced.—DRR
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6,414,489

43.50.Gf APPARATUS FOR REDUCING ACOUSTIC
NOISE IN AN MR IMAGING SYSTEM

David E. Deanet al., assignors to General Electric Company
2 July 2002„Class 324Õ318…; filed 18 December 1999

The apparatus is said to substantially reduce the acoustic noise or
disturbance that is experienced by patients, users, or others in the vicinity of
a magnetic resonance imaging~MRI! system. The apparatus consists of a

bridge fixed within the MRI system’s bore to support the patient during the
data acquisition and a curved frame, usually of fiberglass, which is
removable/insertable in the bore for placement upon the bridge. The frame,
when in place upon the bridge, encloses a space within the bore that is
disposed to receive the imaging subject. A layer of material, such as open
cell foam, covers the frame. The material is capable of absorbing substantial
amounts of acoustic energy present in the bore. The material is also highly
transmissive to rf signals required for MRI data acquisition and avoids spu-
rious rf signal generation that would add noise to the data.—DRR

6,401,028

43.50.Vt POSITION GUIDING METHOD AND
SYSTEM USING SOUND CHANGES

Tsuyoshi Kamiya et al., assignors to Yamaha Hatsudoki Kabushiki
Kaisha

4 June 2002„Class 701Õ200…; filed in Japan 27 October 2000

Suppose that you are driving a luxury vehicle~car or motorcycle! fitted
with a fancy positional guidance system. Existing systems can sound an
alarm when you are within a short range of a selected target location but
something less crude is obviously desirable. One might design a voice guid-
ance system for example—‘‘You’re getting warmer, now you’re getting
cooler.’’ Yamaha has come up with an even more sophisticated scheme that
starts out with an imaginary sound source at the target location. A real-time
virtual reality program then calculates what you would hear at your present
location if the source actually existed.—GLA

6,413,141

43.50.Yw NOISE ACTIVATED MOBILE

Sharon M. Putney, Raymond, Ohio
2 July 2002„Class 446Õ227…; filed 11 August 2000

The mobile covered by this patent is similar to conventional mobiles
for babies’ cribs except that it responds to loud noises by activating a motor.
A control circuit tracks elapsed time, senses relatively loud noises, and
actuates the motor.—DRR

6,418,384

43.50.Yw ACOUSTIC EMISSION MONITOR,
METHOD AND MEMORY MEDIA FOR SOLID
MATERIAL PROCESSING MACHINERY

Remi Rothea and Etienne Foucher, assignors to Rhodia,
Incorporated

9 July 2002„Class 702Õ56…; filed 11 May 1999

An apparatus is provided to identify rubbing sounds in the acoustic
emissions produced by a machine that processes solid materials~such as
aspirin!. The apparatus includes an acoustic signal processing system having
a computer, a software filter, and a rubbing signal identifier that configures
the computer to set filter conditions to detect a rubbing sound. The filter

conditions remove some operating noise having a bit rate higher than the
operating rate of the rotating part of the machinery by excluding amplitudes
less than a front end filter duration. The rubbing sounds are detected by an
intensity greater than a predetermined intensity, acoustic emission activity
greater than the operating rate of the rotating part, and signal length greater
than a predetermined value.—DRR

6,416,852

43.55.Ev CERAMICS SOUND ABSORPTION
MATERIAL

Hidenao Kawasaki and Osamu Kawasaki, assignors to Isolite
Insulating Products Company, Limited

9 July 2002„Class 428Õ304.4…; filed in Japan 17 November 1999

When the ceramic block of this invention is fired, the combustible
pore-forming material that was mixed in burns out, leaving a porous block
with sound-absorbing properties and excellent weatherability. Grooves on
the outer surface of the block are glazed and hence easy to clean and less
likely to stain. Because the glaze is only on the surface, it does not block the
sound absorptive properties of the ceramic.—CJR

SOUNDINGS

23J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Reviews of Acoustical Patents



6,412,852

43.55.Ti WATER, DUST AND SOUND ATTENUATING
BARRIER AND TRIM PANEL MODULE AND
METHOD FOR ASSEMBLING WITHIN A VEHICLE
DOOR

Chi Hong Koa et al., assignors to Foamade Industries,
Incorporated; General Motors Corporation

2 July 2002„Class 296Õ146.7…; filed 25 July 2000

This patent describes a modular trim panel for a car door that is as-
sembled and installed as a combined unit.—CJR

6,411,289

43.58.Kr MUSIC VISUALIZATION SYSTEM
UTILIZING THREE DIMENSIONAL GRAPHICAL
REPRESENTATIONS OF MUSICAL
CHARACTERISTICS

Franklin B. Zimmerman, Philadelphia, Pennsylvania
25 June 2002„Class 345Õ302…; filed 7 August 1997

A color waterfall plot~i.e., graphical output of the short time Fourier
transform! falls into the obvious category, even as long ago as 1997.—MK

6,415,584

43.58.Vb TUNING MEANS FOR TUNING STRINGED
INSTRUMENTS, A GUITAR COMPRISING
TUNING MEANS AND A METHOD OF TUNING
STRINGED INSTRUMENTS

Richard John Whittall et al., assignors to Automatic Tuning
Developments Limited

9 July 2002 „Class 54Õ312 R…; filed in the United Kingdom 10
March 1998

Imagine a guitar tuner with robotic control. Starting with the lowest E
string, the tuner turns the pegs one by one until the guitar is in tune~ac-
cording to the controller!.—MK

6,412,594

43.58.Wc WATER GUN WITH SOUND EFFECTS
MODULE

David Small and Paul S. Rago, assignors to Shoot the Moon
Products II, LLC

2 July 2002„Class 181Õ149…; filed 4 October 2000

Water guns need sounds claim the inventors. The solution is to add yet
another sound chip that is activated when the trigger is pulled. A large
fraction of the patent is devoted to describing the means to waterproof the
electronics.—MK

6,416,021

43.58.Wc LOCOMOTIVE WHISTLE CONTROLLED
RAILROAD GRADE CROSSING WARNING
SYSTEM

George Jefferson Greene, Jr., LaRue, Texas
9 July 2002„Class 246Õ294…; filed 29 May 2001

Many railroad crossings are still unguarded, resulting in fatalities ev-
ery year. The patent describes a train horn activated crossing that could be
solar powered. The inventor prefers this method over track sensors and
doesn’t say how the train horns are discriminated from other sounds.—MK

6,416,381

43.58.Wc MOTION INDUCED SOUND AND LIGHT
GENERATING SYSTEM

Christopher G. Walter and Matt Fuligni, assignors to The Little
Tikes Company

9 July 2002„Class 446Õ397…; filed 15 August 2000

Rocking toys are great for toddlers and other small children. Add a
now ubiquitous sound chip and a simple finite state machine and you’ve got
more sounds to drive parents crazy.—MK

6,414,620

43.60.Qv SOUND PROCESSING SYSTEM

Kengo Maeda and Tomoyuki Kawai, assignors to Sharp
Kabushiki Kaisha

2 July 2002„Class 341Õ155…; filed in Japan 28 November 2000

This sound processing system includes a digital signal processing sec-
tion with A/D and D/A converters, a control section, two data memory
sections, and two program memory sections. The program memory areas are
connected together through a first bus and the data memory areas are con-
nected through a second bus. The system can serve as a voice processor for
voice recognition purposes or voice synthesis that is required to be per-
formed in real-time in mobile electronic devices such as cell phones.—DRR

6,415,255

43.60.Qv APPARATUS AND METHOD FOR AN
ARRAY PROCESSING ACCELERATOR
FOR A DIGITAL SIGNAL PROCESSOR

Paul E. Cohen and Ioannis S. Dedes, assignors to NEC
Electronics, Incorporated

2 July 2002„Class 704Õ223…; filed 10 June 1999

The device entails processing of information, and more particularly, to
systematic searches involving selected locations in arrays of information.
The device follows algebraic code excited linear prediction~ACELP! speech
encoding techniques. It includes a search accelerator unit~SAU! to assist a
digital processor in accessing a sequence of regularly~i.e., incrementally!
spaced nonneighboring locations of an array. The SAU, being external to the
digital signal processor, supplements the addressing capability of a digital
signal processor so that references to a sequence of entries in the array can
be performed more efficiently.—DRR
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6,406,439

43.64.Ri PHASE LOCK EVOKED RESPONSE
AUDIOMETER

Lawrence Thomas Cohenet al., assignors to The University of
Melbourne

18 June 2002„Class 600Õ559…; filed 1 December 2000

This is a device intended primarily for testing the hearing of children
or other people who are unable, due to mental illness or disability, to par-
ticipate in conventional behavioral deafness testing. The device includes an
evoked response audiometer that supplies to a patient an auditory stimulus
signal consisting of a carrier frequency that is modulated by at least two
different forms of modulation such that the stimulus is substantially fre-
quency specific. The signal is presented for a sufficiently long period of time
to enable phase-locked steady-state potentials to be evoked in the brain of
the patient. The brain potentials are analyzed to establish whether they are
phase locked to the modulated auditory signal. Provision is made to selec-
tively delay or advance one modulation with respect to the other in order to
enhance the response evoked by the auditory stimulus.—DRR

6,416,482

43.66.Sr MULTIMEDIA FEATURE FOR DIAGNOSTIC
INSTRUMENTATION

Leroy Braun, Austin and Jack Foreman, Pflugerville, both of
Texas

9 July 2002„Class 600Õ559…; filed 25 August 1998

This is a system for automating the administration of audiometric test-
ing by selectively switching the audiometric output between test tones gen-
erated by the audiometer and sound signals generated from digital informa-
tion. A number of embodiments are described in the patent, which includes

means of switching between a computer and tone generator, a processor
with memory for storing digital data, means of outputting between the au-
diometric system and the subject, etc.—DRR

6,408,273

43.66.Ts METHOD AND DEVICE FOR THE
PROCESSING OF SOUNDS FOR AUDITORY
CORRECTION FOR HEARING IMPAIRED
INDIVIDUALS

Gilles Quagliaro et al., assignors to Thomson-CSF
18 June 2002„Class 704Õ271…; filed in France 4 December 1998

The processing method described in this patent is said to provide au-
ditory correction for a hearing-impaired person, including extracting pitch,
voicing, energy, and spectrum characteristics of an input speech signal. In
this method, the pitch characteristic is multiplied by a pitch factor, the voic-

ing characteristic is modified by a voicing factor, the energy characteristic is
compressed, and the spectrum is modified by applying a homothetical com-
pression function. A speech signal is reconstituted to be perceptible to the
hearing-impaired person on the basis of the modified pitch, voicing, energy,
and spectrum characteristics.—DRR

6,408,468

43.66.Ts PILLOW TO FACILITATE HEARING

Kristen Comfort, Johnson City, New York
25 June 2002„Class 5Õ636…; filed 19 July 2001

If a person happens to be hard of hearing in one ear and tends to lie on
a pillow with his/her good ear against the pillow, sound is fairly precluded
from reaching that ear. This pillow contains a hole for receiving the user’s
ear. The ear hole is channeled to one or more external holes so as to receive
sounds external to the pillow. The remainder of the pillow is filled with
conventional materials and a pillowcase has holes corresponding to the
holes in the pillow. Nothing is said about accommodating a person who
tosses and turns in his/her sleep.—DRR

6,418,412

43.72.Bs QUANTIZATION USING FREQUENCY AND
MEAN COMPENSATED FREQUENCY INPUT
DATA FOR ROBUST SPEECH RECOGNITION

Safdar M. Asghar and Lin Cong, assignors to Legerity,
Incorporated

9 July 2002„Class 704Õ256…; filed 28 August 2000

Noisy listening environments, such as inside automobiles or airplanes,
degrade speech recognition accuracy. However, noise is generally constant
in these settings and compensation may therefore be applied before fre-
quency parameter coefficients are sent to an input signal speech classifier.
Splitting the signal into spectral subbands may be used to enhance process-
ing in selected frequency bands more affected by noise. To improve perfor-
mance, neural nets may be used for classification of the mixer input data and
for network postprocessing. Matrix quantizers are used with vector quantiz-

ers to reduce errors when operating on short duration input signals. The
system also may use fuzzy associations to develop observation sequence
data and reduce quantization error. Additional backend speech classifiers
such as hidden Markov models~HMMs! may be used for determining initial
state and state transition probabilities, derived from vector and matrix quan-
tizers representing both time and frequency domain information, respec-
tively. Such HMMs may be consolidated to improve system performance
and efficiency.—DAP
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6,408,269

43.72.Ew FRAME-BASED SUBBAND KALMAN
FILTERING METHOD AND APPARATUS
FOR SPEECH ENHANCEMENT

Wen-Rong Wu et al., assignors to Industrial Technology Research
Institute

18 June 2002„Class 704Õ228…; filed 3 March 1999

This invention describes a frame-based subband Kalman filtering
method to enhance speech. The aim is to apply low-order Kalman filters to
reduce the complexity of computation while maintaining a comparable per-
formance relative to the conventional Kalman-EM technique. A multi-
channel filter bank and decimator decompose noisy speech15 into subband

speech signals. The autoregression~AR! parameters of each subband for
each frame are estimated28 using Yule–Walker equations. A bank of low-
order Kalman filters25 is applied to estimate the noise variance of each
subband. Filtered signals30 are then expanded and synthesized by a multi-
channel synthesis filter bank35.—HHN

6,415,253

43.72.Ew METHOD AND APPARATUS FOR
ENHANCING NOISE-CORRUPTED SPEECH

Steven A. Johnson, assignor to Meta-C Corporation
2 July 2002„Class 704Õ210…; filed 19 February 1999

The purpose of this patent is to enhance noisy speech10 using a
spectrum subtraction technique24. After dividing speech into frames and
removing a dc component and the minimum phase aspect of noisy speech,
power spectrum18 of the prefiltered signal is estimated. A voice activity
detector~VAD ! 20 determines the state of speech as silence, speech, primary

detection, or hangover state. Based on classified states of VAD, a smoothed
Wiener filter22 filters the data frames and an automatic gain control unit30
calculates the proper gain to produce noise-reduced speech32 at the desired
output level.—HHN

6,418,404

43.72.Gy SYSTEM AND METHOD FOR
EFFECTIVELY IMPLEMENTING FIXED MASKING
THRESHOLDS IN AN AUDIO ENCODER
DEVICE

Lin Yin, assignor to Sony Corporation; Sony Electronics
Incorporated

9 July 2002„Class 704Õ200.1…; filed 28 December 1998

A masking threshold lookup table is created based upon empirical data
from normal or hearing impaired persons. A filter bank encoder receives and
filters audio data into frequency subbands. The output of the filters is com-
pared to the masking threshold lookup table by the bit allocator which
separates the filtered audio data into categories falling above and below the

masking thresholds. Audio data falling below the masking thresholds is
discarded to reduce the amount of audio data processed by the encoder. The
supra-threshold audio data is quantized and sent to a bitstream packer.—
DAP

6,377,928

43.72.Ja VOICE RECOGNITION FOR ANIMATED
AGENT-BASED NAVIGATION

Parichay Saxena et al., assignors to Sony Corporation; Sony
Electronics, Incorporated

23 April 2002 „Class 704Õ275…; filed 31 March 1999

This web page navigation system combines an HTML reader/parser,
the controls necessary to operate the display, and speech input and output
functions. The goal is full browsing capability in a hands-free situation or
for a blind person.—DLR
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6,377,931

43.72.Ja SPEECH MANIPULATION FOR
CONTINUOUS SPEECH PLAYBACK OVER A
PACKET NETWORK

Eyal Shlomot, assignor to Mindspeed Technologies
23 April 2002 „Class 704Õ503…; filed 28 September 1999

The patent describes a system for achieving continuous speech output
under conditions of variable packet arrival rates. A jitter buffer receives
incoming packets. Either compression or stretching of the audio output ad-
justs the rate of speech output from the buffer depending on how full the
buffer is.—DLR

6,411,926

43.72.Ne DISTRIBUTED VOICE RECOGNITION
SYSTEM

Chienchung Chang, assignor to QUALCOMM, Incorporated
25 June 2002„Class 704Õ221…; filed 8 February 1999

Both a DSP and a microprocessor are used in a digital cellular tele-
phone. For hands-free operation, speech recognition is accomplished with-
out the DSP using the relatively low computational power of the micropro-
cessor to slowly extract and decode relevant parameters and compare them
to words or templates stored in a vocabulary contained in a nonvolatile

memory. When greater speed is required, the DSP is configured to extract
the relevant parameters. A microprocessor interposed between the DSP and
memory compares the extracted parameters to the speech templates stored in
the vocabulary and makes decisions on which template is the closest
match.—DAP

6,411,927

43.72.Ne ROBUST PREPROCESSING SIGNAL
EQUALIZATION SYSTEM AND METHOD
FOR NORMALIZING TO A TARGET ENVIRONMENT

Philippe Morin et al., assignors to Matsushita Electric
Corporation of America

25 June 2002„Class 704Õ224…; filed 4 September 1998

Speaker variability, unstable channel effects, and environmental back-
ground noise variability often degrade the performance of speech recogni-
tion systems. To improve accuracy by minimizing the effects of the above
variables, a preprocessing system normalizes an audio source in real time to
one or more predetermined targets. An equalization of the audio source, as
affected by its environment, is performed first by filtering to match a pre-

determined target channel such as a standard microphone response. Next,
the signal level of the audio source is adjusted without speech present to a
level that matches a predetermined target background noise level. Finally,
with speech present, the system mixes noise with the audio source so as to
achieve a target signal-to-noise ratio.—DAP

6,411,928

43.72.Ne APPARATUS AND METHOD FOR
RECOGNIZING VOICE WITH REDUCED
SENSITIVITY TO AMBIENT NOISE

Shin-ichi Tsurufuji et al., assignors to Sanyo Electric
25 June 2002„Class 704Õ233…; filed in Japan 9 February 1990

The accuracy of speech recognition systems is frequently reduced by
the presence of environmental noise as is the case, for example, in moving
automobiles. To improve performance by reducing the influence of ambient
noise, the front end of a speech recognition system includes a microphone
whose output is utilized only if it exceeds a stored threshold value. The
threshold value is changed as the level of ambient noise varies. A multi-band
bank of band-pass filters is used so that feature parameters are derived only
for microphone signals exceeding frequency-specific threshold values.—
DAP

6,418,411

43.72.Ne METHOD AND SYSTEM FOR ADAPTIVE
SPEECH RECOGNITION IN A NOISY
ENVIRONMENT

Yifan Gong, assignor to Texas Instruments Incorporated
9 July 2002„Class 704Õ256…; filed 10 February 2000

For hands-free operation of a cell phone with a remotely located mi-
crophone, in an automobile, for example, environmental noise often makes
communication difficult. To facilitate speaker-independent speech recogni-
tion with a noise reduction feature in a variety of listening environments, a
one-time adaptation of hidden Markov models~HMMs! is first performed
without the noise source~e.g., engine off!. Cepstral mean normalization is
then used with a large amount of data for further training of the initial
HMMs to compensate for the environment and microphone characteristics.
Thereafter, with a few additional known utterances, the gender of the
speaker is determined and adaptation to a particular speaker is performed to
further narrow the selection of which HMMs to use.—DAP

6,418,431

43.72.Ne INFORMATION RETRIEVAL AND SPEECH
RECOGNITION BASED ON LANGUAGE
MODELS

Milind V. Mahajan and Xuedong D. Huang, assignors to Microsoft
Corporation

9 July 2002„Class 707Õ4…; filed 30 March 1998

As in conventional speech recognition systems, a small storage area is
used to store the relatively sparse, user- or task-specific topic information for
language modeling. To speed up formulation of a language model and to
improve its accuracy, the system also queries general databases such as
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those accessible on the Internet. Probability estimates of the most likelyN
words or word sequences are thus adjusted by multiple information stores,
providing a much larger database from which to adapt the language model to
the actual user.—DAP

6,417,440

43.75.Mn DAMPER FORMED OF POWDER-
CONTAINING SYNTHETIC RESIN AND KEYBOARD
MUSICAL INSTRUMENT EQUIPPED WITH THE
SAME

Fumiyoshi Furuki, assignor to Yamaha Corporation
9 July 2002„Class 84Õ719…; filed in Japan 1 May 2000

A piano mechanism is proposed that uses synthetic resin instead of
lead weights, thereby making the instrument ‘‘free from environmental pol-
lution.’’ If only the Romans had known.—MK

6,417,435

43.75.St AUDIO-ACOUSTIC PROFICIENCY
TESTING DEVICE

Constantin B. Chantzis, Glen Rock, New Jersey and Daniel I.
Rosen, Stateline, Nevada

9 July 2002„Class 84Õ477 R…; filed 28 February 2001

This devious patent, conspicously absent of implementation detail, at-
tempts to argue that musical performance can be measured via comparison
against a reference together with a laundry list of statistical methods. No
results are shown or discussed.—MK

6,406,348

43.75.Tv MUSICAL DRINKS VESSELS

Walter Pearce, assignor to Textformat Limited
18 June 2002„Class 446Õ81…; filed in the United Kingdom 3 Feb-

ruary 1999

Like United States Patent 6,335,691@reviewed in J. Acoust. Soc. Am.
112~1!, 23 ~2002!#, the inventor here proposes adding a light-activated
sound chip to the end of a bottle. The output transducer is also at the end of
the bottle. Such an invention can not only be used to tell the drinker to buy
more, but also to sing lullabies to babies.—MK

6,416,411

43.75.Wx GAME MACHINE WITH RANDOM SOUND
EFFECTS

Nakayasu Tsukahara, assignor to Aruze Corporation
9 July 2002„Class 463Õ35…; filed in Japan 28 October 1998

Playing the same arcade game becomes boring so state the inventors.
The solution is to use a random sequence generator to change the soundef-
fects thereby enabling the players to ‘‘fully enjoy the pleasure of
gaming.’’—MK

6,417,436

43.75.Wx HAND-OPERATED DANCING MACHINE

Kim Beyoung-Wook, assignor to Interzone 21 Company, Limited
9 July 2002 „Class 84Õ600…; filed in the Republic of Korea 22 Au-

gust 2000

It’s a short step from automatic music arcade game machines to auto-
matic dance game machines. Basically, the dancer is a percussionist and
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uses the drum sensors to match the machine’s dance rhythm. Naturally, how
the scoring works is anyone’s guess.—MK

6,418,406

43.75.Wx SYNTHESIS OF HIGH-PITCHED SOUNDS

Vishu R. Viswanathan and Wai-Ming Lai, assignors to Texas
Instruments Incorporated

9 July 2002„Class 704Õ207…; filed 14 August 1996

Upsampling and downsampling is a well-known technique~Crochiere
and Rabiner! for performing rational sampling rate conversion. This can be
used to pitch shift voices as well. The inventors have combined pitch shift-
ing with LPC coding but, unfortunately, the authors have ignored the effect
of shifting formants; these defects were well known in 1996 when this
patent was filed. They have also conveniently forgotten that pitch shifting in
western scales often demands irrational factors.—MK

6,409,720

43.80.Sh METHODS OF TONGUE REDUCTION
USING HIGH INTENSITY FOCUSED ULTRASOUND
TO FORM AN ABLATED TISSUE AREA
CONTAINING A PLURALITY OF LESIONS

James B. Hissong and Fred B. Dinger III, assignors to Medtronic
Xomed, Incorporated

25 June 2002„Class 606Õ27…; filed 31 July 2000

A method of tongue reduction by thermal ablation uses high-intensity
focused ultrasound. An ultrasound emitting transducer is introduced into the
patient’s mouth and positioned near the external surface of the tongue.
Sound is emitted from the transducer and focused into the tissue of the
tongue, ablating the tissue in a lesioned area below the surface. The lesions
are permitted to be absorbed by the patient’s body and/or remain as altered
tissue such that the tongue is reduced in size to correspondingly increase the
size of the patient’s airway and/or is stiffened to resist vibration~e.g., from
snoring!.—DRR

6,413,216

43.80.Sh METHOD AND ASSEMBLY FOR
PERFORMING ULTRASOUND SURGERY USING
CAVITATION

Charles A. Cain and J. Brian Fowlkes, assignors to The Regents of
the University of Michigan

2 July 2002„Class 600Õ439…; filed 22 December 1999

A method and assembly are described to apply an ultrasonic beam to
generate cavitation and create a controlled surgical lesion in a selected treat-
ment volume inside a patient. Numerous cavitation bubbles are generated in
the treatment volume. Ideally, the threshold for cavitation in the treatment
volume is lowered below that of the surrounding tissues. The expected lo-
cation of the surgical lesion within the treatment volume may be previewed
and then the microbubbles in the treatment volume are cavitated with the
ultrasonic beam to create the controlled surgical lesion. In addition, sub-
stances can be associated with the microbubbles so that the cavitation of the
microbubbles delivers the substances to the treatment volume. The creation
of the surgical lesion can then also be verified.—DRR

6,413,254

43.80.Sh METHOD OF TONGUE REDUCTION BY
THERMAL ABLATION USING HIGH INTENSITY
FOCUSED ULTRASOUND

James B. Hissong and Fred B. Dinger, assignors to Medtronic
Xomed, Incorporated

2 July 2002„Class 606Õ27…; filed 19 January 2000

This patent is similar to the above patent 6,409,720 by the same in-
ventors and assigned to the same company. The configurations of the respec-
tive devices differ slightly, with the earlier patent emphasizing the treatment
of multiple lesions.—DRR

6,416,486

43.80.Sh ULTRASONIC SURGICAL DEVICE
HAVING AN EMBEDDING SURFACE AND A
COAGULATING SURFACE

Scott D. Wampler, assignor to Ethicon Endo-Surgery,
Incorporated

9 July 2002„Class 601Õ2…; filed 31 March 1999

This ultrasonic surgical device may be useful for repairing a defect in
tissue, such as inguinal hernia, through the use of a prosthetic and the
application of ultrasonic energy. The device contains an acoustic assembly
having a solid core waveguide. The waveguide extends from the housing
and has an end effector at the distal end for the conduction of ultrasonic
energy. Two versions of end effectors are described here, each having an
embedding surface at the distal end and a coagulating surface extending
from the embedding surface. One end effector has a cylindrical shaft, an
embedding surface, and an angled coagulating surface. The other end effec-
tor has a truncated cone having a circumferential coagulating surface and a
distal embedding surface.—DRR

6,416,492

43.80.Sh RADIATION DELIVERY SYSTEM
UTILIZING INTRAVASCULAR ULTRASOUND

Eric D. Nielson, assignor to SciMed Life Systems, Incorporated
9 July 2002„Class 604Õ22…; filed 28 September 2000

This device is a radiation delivery system that fully integrates intra-
vascular ultrasound~IVUS! technology. The radiation system includes a
catheter having a distal head. A fixed or removable radiation source is lo-
cated in or adjacent to the distal head. The head includes an ultrasonic
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transducer and a radiation shield with a window. The transducer facilitates
placement of the window such that only a portion of the treatment site is
exposed to radiation. The transducer provides a signal indicating relative
position, tissue geometry, and/or tissue characteristics that may be used to
determine the appropriate placement of the window. This helps to control
the dosage to target different areas of the treatment site.—DRR

6,406,430

43.80.Vj ULTRASOUND IMAGE DISPLAY BY
COMBINING ENHANCED FLOW IMAGING IN B-
MODE AND COLOR FLOW MODE

Syed O. Ishrak et al., assignors to GE Medical Systems Global
Technology Company, LLC

18 June 2002„Class 600Õ441…; filed 24 April 2000

Gray scale data, e.g., blood flow or contrast, that represent movement,
and color flow data, e.g., power or velocity, that also represent movement
are processed together and displayed so that movement is shown in a col-
ored gray scale image.—RCW

6,406,431

43.80.Vj SYSTEM FOR IMAGING THE BLADDER
DURING VOIDING

William L. Barnard et al., assignors to Diagnostic Ultrasound
Corporation

18 June 2002„Class 600Õ443…; filed 17 February 2000

This system uses successive ultrasonic images of a bladder during the
voiding process. The images are processed to form a continuous moving
image that spans the entire voiding event. The acquisition of data is initiated
by the user. Processing is used to compensate for movement of the subject
or device during the voiding process.—RCW

6,406,484

43.80.Vj REMOVAL APPARATUS FOR USE IN THE
REMOVAL OF IMPACTED CERUMEN FROM
THE AUDITORY CANAL

Eric L. Lang, Philadelphia, Pennsylvania
18 June 2002„Class 606Õ162…; filed 1 November 2000

This device may be basically described as a vacuum cleaner for re-
moving cerumen from within an auditory canal. The hand-held instrument
contains an auditory canal plug that seals over the auditory canal when
manually pressed against the canal. The plug contains an aperture that leads
to a vacuum chamber within the hand-held instrument. A manually operated
control valve monitors the flow of air through the auditory canal plug and
into the vacuum chamber. Since the hand-held instrument merely contains
the vacuum chamber, it must be placed on a base that contains a vacuum
pump connected pneumatically to the vaccum chamber. The vacuum pump
generates a negative pressure in the vacuum chamber that is maintained
even after the hand-held instrument is removed from the base.—DRR

6,406,486

43.80.Vj APPARATUS AND METHOD FOR
VASODILATION

Ralph De La Torre and Kenton W. Gregory, assignors to The
General Hospital Corporation

18 June 2002„Class 607Õ89…; filed 15 December 1999

A method and apparatus are described here for dilating blood vessels
in vasospasm through the use of high-frequency acoustic waves. The appa-
ratus contains a catheter having a fluid-filled lumen. A wave generator lo-
cated within the catheter lumen generates a wave front that propagates

through the fluid in the lumen and is transmitted from the distal end of the
catheter to propagate through the fluid in the blood vessel. An energy source
connected to the wave generator provides energy for producing the wave
front.—DRR

6,408,205

43.80.Vj SYSTEM FOR DELIVERING MECHANICAL
WAVES

Alexis Renirie et al., assignors to Medtronic, Incorporated
18 June 2002„Class 607Õ5…; filed 6 December 1999

An implanted system delivers mechanical waves to one or more se-
lected patient areas, e.g., the heart and/or lungs. The mechanical waves are
delivered to treat fibrillation or like arrhythmias, enhance lung gas ex-
change, enhance cardiac muscle relaxation, or increase coronary perfusion.
Mechanical waves are generated preferably in the frequency range of
1–50 000 Hz. The waves may be delivered continuously for short or long
time periods or they may be controlled timewise either with respect to
detected portions of a patient’s heartbeat signal or in response to a detected
event such as fibrillation. In one embodiment, the implantable system in-

cludes a defibrillation shock generator and control for responding to a
defibrillation event by first delivering a sequence of mechanical waves and
then delivering an electrical defibrillation shock. In another embodiment, the
system and method treat incipient fibrillation or arrhythmia by delivering
mechanical waves of predetermined timing to the patient’s heart and/or
lungs. In a third embodiment, mechanical waves are delivered through an
array of transducers to the patient’s atrial wall to treat atrial fibrillation.—
DRR

6,413,218

43.80.Vj MEDICAL DIAGNOSTIC ULTRASOUND
IMAGING SYSTEM AND METHOD FOR
DETERMINING AN ACOUSTIC OUTPUT
PARAMETER OF A TRANSMITTED ULTRASONIC
BEAM

John W. Allison et al., assignors to Acuson Corporation
2 July 2002„Class 600Õ443…; filed 10 February 2000

This system and method determine an acoustic output parameter of a
transmitted ultrasonic beam. The region of the parameter determination is
either user selected or automatically chosen by an adjustment in the imaging
system and may be where the output is not peak. An indication of the output
parameter is provided.—RCW
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6,409,667

43.80.Vj MEDICAL DIAGNOSTIC ULTRASOUND
TRANSDUCER SYSTEM AND METHOD
FOR HARMONIC IMAGING

John A. Hossack, assignor to Acuson Corporation
25 June 2002„Class 600Õ443…; filed 23 February 2000

The transducer in this system is comprised of two stacked piezoelectric
layers. Information from each of the layers is independently processed dur-
ing transmission or reception or both. A filter then isolates harmonic infor-
mation for imaging. The multilayer construction and independent processing
result in a wide bandwidth as well as providing information at the second
harmonic to which many transducers are insensitive.—RCW

6,409,671

43.80.Vj ULTRASONOGRAPHY

Morten Eriksen and Sigmund Frigstad, assignors to Nycomed
Imaging AS

25 June 2002„Class 600Õ458…; filed in the United Kingdom 18
December 1997

Local aberrations in perfusion or compliance of vascular tissue are
detected in images. Waveforms representative of arterial pulsatility are pro-
duced. The waveforms are analyzed for variations such as phase distortion
that is characteristic of the aberrations in perfusion or compliance.—RCW

6,409,673

43.80.Vj METHOD AND APPARATUS FOR
INTRAVASCULAR TWO-DIMENSIONAL
ULTRASONOGRAPHY

Paul G. Yock, assignor to Cardiovasular Imaging Systems,
Incorporated

25 June 2002„Class 600Õ463…; filed 23 March 2001

Ultrasonic images of a vessel wall are produced using a catheter that is
inserted into the vessel. The catheter includes a drive cable to obtain a
circumferential scan around the catheter. The size and flexibility of the cath-
eter permit introduction into a vessel and subsequent passage through the
vessel to an imaging position.—RCW

6,413,215

43.80.Vj IMPLANT WEAR DEBRIS DETECTION
APPARATUS AND METHOD

Junru Wu et al., assignors to The University of Vermont
2 July 2002„Class 600Õ437…; filed 13 September 2000

This is a system for detecting wear debris particulates from a medical
implant within the body of a living animal. An acoustic transmitter sends
acoustic energy from outside the body to a soft tissue region near the im-
plant. An acoustic receiver, also located outside the body, detects resultant
acoustic energy generated by the debris particles and produces a received
signal indicative thereof. A processor evaluates at least one parameter asso-
ciated with the debris particles.—DRR

6,413,217

43.80.Vj ULTRASOUND ENLARGED IMAGE
DISPLAY TECHNIQUES

Larry Y. L. Mo, assignor to GE Medical Systems Global
Technology Company, LLC

2 July 2002„Class 600Õ440…; filed 30 March 2000

A reference b-mode image is displayed and data are processed to pro-
duce as well as also display along with the reference image an enlarged
image of a region of interest in the reference image.—RCW

6,409,666

43.80.Vj TIP END OF ULTRASONIC ENDOSCOPE

Keiji Ito, assignor to Asahi Kogaku Kogyo Kabushiki Kaisha
25 June 2002„Class 600Õ439…; filed in Japan 15 April 1999

A flexible insertion tube of an endoscope includes a bendable portion
that is formed at its tip end. The bendable portion may be flexed in any
arbitrary direction. A tip end main body is connected at the tip end of the
bendable portion, and the former is provided with an ultrasonic scanning
unit and an observation unit. The tip end main body includes a tip, a side

section, and a rear side section. The tip end section is provided with a
convex type ultrasonic probe and the rear end side section contains an in-
strument outlet that allows a treatment instrument to protrude, an observa-
tion window that is directed to a forward side with respect to the scanning
direction of the ultrasonic probe, and an illumination window to permit light
to illuminate an area to be observed through the observation window.—DRR

6,413,219

43.80.Vj THREE-DIMENSIONAL ULTRASOUND
DATA DISPLAY USING MULTIPLE CUT PLANES

Ricardo Scott Avila et al., assignors to General Electric Company
2 July 2002„Class 600Õ443…; filed 14 March 2000

A three-dimensional projection image is used to depict a volume.
Three mutually orthogonal planer images are also shown. A graphical rep-
resentation of the volume and the planes is displayed using color. Any one
of the four images can be reconstructed in real time using a trackball.—
RCW

6,413,221

43.80.Vj ULTRASONIC SYSTEM AND METHOD
EMPLOYING VARIABLE FILTERING OF
ECHO RETURN SIGNALS

George A. Brock-Fisher, Andover, Massachusetts
2 July 2002„Class 600Õ458…; filed 11 February 2000

An ultrasonic system is controlled to image a microbubble contrast
agent in a region of fluid flow. The transmitter emits signals at various
power levels. The receiver extracts echo signal components that fall within
a determined bandwidth and is controlled to alter the bandwidth or center
frequency according to the transmitted power.—RCW
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ETHICAL TREATMENT OF ANIMALS IN RESEARCH

[DOI: 10.1121/1.1523391]

To the Editor:
As members of the Acoustical Society of America~ASA!, we write

this letter as acoustics professionals who feel that the use of animals in
research is neither beneficial nor ethical. Furthermore, we feel the ASA
policy towards animals in research, which follows the ‘‘Guide for the Care
and Use of Laboratory Animals’’ published by the National Institutes of
Health~NIH!,1 fails to provide even the most fundamental comfort for labo-
ratory animals.

We are always horrified by the clinical descriptions of experiments
performed on dogs, monkeys, chinchillas, cats, and mice for publication in
the Journal of the Acoustical Society of America. They have even created a
new language to mitigate any pangs of moral repulsion that might surface.
Dogs are not dogs; they are ‘‘canine subjects’’~implying that they have
some choice in the matter!. Electric shocks are ‘‘stimulation.’’ Finally, when
the experiment is finished, instead of saying they are killing an animal, they
say they ‘‘sacrifice’’ the subject.

Healthy, social, intelligent mammals like dogs, cats, and monkeys
have holes cut in their heads and mechanical devices attached to their skulls.
They are intentionally given collapsed lungs, have their eyes sewn shut, are
shocked in order to produce vocalizations, and are subjected to a myriad of
other procedures that would be considered nothing short of torture if done to
a human animal. To make matters worse, all too often this so-called ‘‘re-
search’’ never seems to arrive at a conclusion.

Many people would say that the current guidelines are sufficient to
safeguard the animals’ comfort, yet strangely if one would suggest that
someone donate his or her cat or dog for research, it would elicit looks of
disgust and concern. It would be safe to assume that few members of the
ASA have bothered to flip to the last few pages of our journal to read the
guidelines for animal and human research.2 Suffice it to say that the guide-
lines for animals comprise a total of six short, vague paragraphs, while the
guidelines for human research are lengthy and thorough. As an example, the
animal use guidelines read, ‘‘Consideration should be given to the appropri-
ateness of experimental procedures... .’’ Notice the word ‘‘consideration,’’
which falls far short of in-depth thought, much less research into alternative
methods. Also, the word ‘‘should’’ is used instead of ‘‘must,’’ which makes
the entire sentence a suggestion rather than a requirement, and therefore
unenforceable. Note also the conspicuous absence of the word ‘‘ethical.’’ In
contrast, the guidelines for human research read, ‘‘In planning a study, the
investigator has the responsibility to make a careful evaluation of its ethical
acceptability.’’ There is nothing left to doubt here. There is ethical respon-
sibility and careful evaluation. What would be so difficult in protecting
animals at least to this degree?

Many would say that this is as it should be, because animals are...
well...animals after all and humans are somehow special. As scientists, we
should be able to quantifiably identify this difference between human and
nonhuman animals that gives us the ethical right to torture them for our
doctoral dissertations. Is it the ability to reason? An adult dog has a greater
ability to reason than a human infant. Are infants, then, subject to scientific
research? Is it the ability to use language? Many primates have been taught
sign language, and many humans such as infants and the severely mentally
disabled are not able to use language. Should we then be able to experiment

on the mentally disabled? Upon analysis, it can easily be shown that there is
no quantifiable difference between human and nonhuman animals that
would give us the right to experiment on them.

In the lab animal circuit it takes only the cry from the experimenters
that they are saving human lives to remove the humanity within most of us.
They argue that people are worth more than animals, and with animals,
anything goes, in spite of the ASA code, in the name of saving lives. So the
issues are two: does the research help and if it does or doesn’t, is it right to
experiment on unwilling subjects~human or animal!? Evidence shows that
the answer is no on both counts.

Animals are not people, either mentally or physiologically. Their dif-
ferences are significant. Systems differ, effects of drugs on each are differ-
ent, yet there is some similarity. Both species feel pain, both have somewhat
similar organs, all know fear, and both know the feeling of confinement. If
they differ, how effective is the research? If they are similar, how can we
dare subject them to these horrors? Animal testing isn’t a panacea: thalido-
mide and Raxar,3 both tested on animals, nevertheless caused fatalities, de-
formation, or both in people. Aspirin will kill a cat, yet we use it. Tobacco
companies used dogs in experiments to perform reliable tests. Asbestos
passed animal tests, too. Maybe half of all drugs on the market are pulled
because they produce death or sickness in people. Do we need chinchillas to
be exposed to 140 dB blasts?

The debate over the use of animals in scientific study has become
highly charged in recent years. In the interest of replacing animals in class-
rooms and laboratories, many researchers and physicians have developed
state-of-the-art alternatives that work superbly, often greatly surpassing the
effectiveness of animals models used before. It is time that more effort is put
into developing alternative methods in the field of bioacoustics as well.

In 1993, the NIH Revitalization Act mandated the inclusion of women
and minorities in clinical research supported by NIH, based on the concern
that observations on men may not apply to women. Children were later
added based on the same notion. If men are different enough from women to
require separate tests, surely similar principles should be applied with regard
to animal studies. Nonhuman animals must be more different from humans
than men are from women or children are from adults, yet animal experi-
mentation continues. Today, many health care organizations are proposing
that similar principles be applied with regard to animal studies. This makes
good sense both ethically and scientifically. New guidelines are needed to
put concerns about species differences on a par with those related to gender
and age differences. The goals of such principles would be twofold: First,
they would encourage the pursuit of research methods that have maximal
applicability to humans. Second, they would serve to reduce animal use, an
important mandate of animal stewardship, and one of its basic ‘‘3 Rs’’:
reduction, replacement, and refinement.

By removing animals from the equation, we remove those very vari-
ables that make animal tests unreliable, namely, their individual reactions to
stress, manipulation, pain, and even sheer boredom and their extreme dif-
ferences as species. As UC-Davis scientist Joseph Garneret al.4 discovered,
the obsessive, repetitive movements seen in caged animals, once thought
insignificant, are now believed to be signs of brain damage, a variable that
alters if not invalidates resultant findings. Computer models respond only to
the procedure being tested, allowing researchers to zero in on cause and
effect much more rapidly.

By removing animals from often-cruel confinement, tests, and even
death, we reintroduce a respect for life that has been sorely missing. Even
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grade school administrators are utilizing better ways to teach biology and
other life sciences. Many of us may remember dissecting earthworms, frogs,
or even pigs in biology class. Today, new technology allows youngsters to
‘‘dissect’’ frogs via digital scalpel on their computers through innovative
CD-ROM programs. Children can investigate the structure and function of
anatomy at their own pace, repeating the lessons as many times as necessary,
all the while leaving natural ecosystems in place. With products like the NIH
Visible Human project and the NASA iAnatomy project, similar changes are
taking place in the nation’s medical schools, in research labs, and virtually
all areas of science. Technology may finally remove animals—and all the
related controversy—from research.

Currently, the Public Health Service Policy on Humane Care and Use
of Laboratory Animals~Health Research Extension Act of 1985, Public Law
99-158! requires that scientists conducting animal studies have available to
them instruction or training on ‘‘the concept, availability, and use of re-
search or testing methods that limit the use of animals or limit animal
distress.’’ Again, this language is far too vague to be effective. Investigators
would benefit from more specific language.

Recommendations
The following principles would be a significant move toward these

goals:

~1! Strong priority in funding and publication must be given to human
studies.

~2! Investigators proposing studies on animals must be required in the ap-
plication process to describe the possibilities for meeting the goals of
their research, broadly defined,~a! through human clinical or epidemio-

logical research, and~b! through other methods, such as cell culture
methods or computer modeling. In so doing, they must focus on the
overall goals of the research, not on their own specific model. If, in the
investigator’s judgment, such methods are not yet available, they must
describe what factors limit their availability.

~3! Investigators must be required in the application process to describe the
applicability of the proposed animal model to humans. If using a phar-
macologic compound, they must address similarities and differences in
biochemical pathways involved in its absorption, distribution, metabo-
lism, excretion, and biochemical action to the extent they are known.

~4! If successful, these principles will reduce animal use, as is required by
basic animal welfare mandates, and will increase the applicability of
research results to human clinical problems.
Sincerely,
Clifford Kaminsky, LAacoustics
Richard J. Peppin, Scantek, Inc.

1DHEW Publication No.~NIH! 80-23, Office of Science and Health Re-
ports, DRR/NIH, Bethesda, MD 20205.

2See, for example, ‘‘Guiding Principals for Research Involving Human or
Animal Subjects,’’ J. Acoust. Soc. Am.108, No. 2 ~2000! ~no page num-
ber!.

3Glaxo Wellcome press release, 27 October 1999.
4J. P. Garner, C. L. Meehan, and J. A. Mench, ‘‘Stereotypic parrots fail the
same psychiatric task as stereotypic autists and schizophrenics,’’ in Pro-
ceedings of the 35th International Congress of the ISAE, Davis, CA, Cen-
ter For Animal Welfare, UC Davis~2001!.
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Virtual error sensing for active noise control
in a one-dimensional waveguide: Performance
prediction versus measurement (L)

Jacqueline M. Munn, Ben S. Cazzolato, Colin D. Kestell, and Colin H. Hansen
Department of Mechanical Engineering, Adelaide University, SA, 5005, Australia

~Received 15 March 2002; revised 13 September 2002; accepted 23 September 2002!

Virtual error sensing is a novel active noise control technique, which is designed to produce a zone
of attenuation remote from the physical error sensors. In this letter virtual sensing is investigated for
tonal noise~both on and off resonance! in a long narrow duct. The performance of the virtual error
sensors using real-time control is compared to the performance determined from an analytical model
and the performance determined through the postprocessing of experimental data. Two examples of
control using postprocessed experimental transfer function data are presented; the first relied on
transfer functions measured using broadband noise and the second relied on transfer functions
measured at discrete frequencies. The results highlight the significant errors encountered as a result
of using broadband transfer functions in lightly damped enclosures. ©2003 Acoustical Society of
America. @DOI: 10.1121/1.1523386#

PACS numbers: 43.50.Ki@MRS#

I. INTRODUCTION

The use of a local active noise control system within a
highly damped and modally dense enclosure can result in
small ‘‘zones of quiet’’ around the error sensor. Therefore,
for an observer to perceive any reduction in noise level, the
error sensor must be placed in very close proximity to the
observer’s head, which in many cases is impractical. The
concept of ‘‘virtual’’ sensing, an active noise control tech-
nique where a local zone of quiet is created at a location
remote from the error sensor was first introduced by Garcia-
Bonito et al.1 Cazzolato2 introduced a novel forward-
difference extrapolation virtual sensing technique designed
to adapt to any physical system changes. Two virtual error
sensing algorithms were developed to predict the sound pres-
sure at the observer location. The techniques were applied to
control tonal noise in a long narrow duct model and the
results were validated with experimental data.3 However, in
both cases, control performance was evaluated by quadratic
optimization of the postprocessed transfer function data.
Here, the results of real-time active noise control using a
feedforward controller with hard-wired virtual error sensors
are compared to results obtained using transfer function data.
It will be shown that the reason for the poor experimental
performance observed by Kestellet al.3 was almost entirely
due to the errors inherent in broadband transfer function
measurements in a lightly damped enclosure.

II. THEORY

At low frequencies, when the distance between the
transducers making up the virtual sensor is much less than a
wavelength, the spatial rate of change of sound pressure is
low and therefore predictable.4 Hence, by fitting a straight or
curved line between the pressuresp1 , p2 , andp3 measured
at fixed locations, the pressurepv at a remote location can be
estimated~Fig. 1!. The two forward-difference virtual micro-
phone algorithms are summarized below.

~1! Two-microphone, linear prediction:

pv5F x

h
1GF0.5 20.5

1.0 0 G Fp2

p1
G . ~1!

~2! Three-microphone, quadratic prediction:

pv5F S x

hD 2 x

h
1GF 0.5 21.0 0.5

1.5 22.0 0.5

1.0 0 0
G F p3

p2

p1

G , ~2!

where pv is the pressure at the observer location,x is the
distance between the observer and the nearest sensor,p1 ,
p2 , andp3 are the measured pressures, andh is the separa-
tion distance between the transducers for the quadratic pre-
diction and is equal to 25 mm. The separation distance be-
tween the two microphones in the linear prediction is 2h.
For a full derivation of the prediction equations see Ref. 4.

III. EXPERIMENT

The results for real-time control in the duct were com-
pared to the results obtained using both the analytical model
and postprocessed experimental data. A primary noise source
was positioned at one end of the duct with a control source
located 0.5 m from the opposite end~Fig. 2!. The sound
pressure profile around the virtual sensors was observed over

FIG. 1. Forward-difference extrapolation.
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a 0.5-m length with 21 equally spaced measurement loca-
tions. The duct was rigidly terminated and had a resonance
quality factor, Q, of approximately 50.

The analytical model of the duct was evaluated using
MATLAB. Transfer functions between the primary and sec-
ondary source and the 21 measurement locations were calcu-
lated using classical theory5 in which the first 25 modes were
considered.

For the postprocessed results, transfer functions were
measured between the two sources and the 21 measurement
locations. Two types of postprocessed results are presented
here: calculations based on broadband transfer functions
measured using random noise and calculations based on dis-
crete frequency transfer functions measured using discrete
tones corresponding to a specific resonance frequency. The
broadband transfer functions were measured from 0 to 400
Hz with a sampling frequency of 1024 Hz and a bandwidth
of 0.5 Hz.

The data~measured and simulated! were then postpro-

cessed and the cost function minimized using quadratic op-
timization, which incorporated a 1% error~40-dB control
limit ! to simulate the errors expected in a real-time control-
ler.

The real-time experiments discussed here were con-
ducted using the Causal Systems EZ-ANCII feedforward
controller.

IV. RESULTS FOR RIGIDLY TERMINATED DUCT

Figure 3 shows the results obtained when controlling an
acoustic resonance in a long, narrow, rigidly terminated duct.
The vertical lines represent the sensor locations and the solid
circle represents the observer location. The top curve without
any circles represents the uncontrolled primary field. The
other curves represent the controlled sound field at increas-
ing separation distances between the observer and the sen-
sors. The distance between the observer and the sensors is
indicated by the distance between the right-most vertical line

FIG. 2. Schematic system representation of the long
narrow duct.

FIG. 3. Uncontrolled and controlled
sound pressure amplitudes along a rig-
idly terminated duct at an acoustic
resonance using linear virtual micro-
phones.
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and the solid circle located on the curve. Figures 3~a!–~d!
show a comparison of the performance of the four control
evaluation methods using the linear virtual microphone. Ana-
lytical control shows an attenuation of approximately 40 dB
at all separation distances due to the artificial 1% error ap-
plied to the calculated optimal control source strengths. The
postprocessed tonal, broadband control and the real-time
control all show a decrease in attenuation as the separation
distance between the transducers and the observer location is
increased to 4h. Control using the tonal experimental trans-
fer function compares more favorably to the theory than the
other experimental examples with 37 dB attenuation at an
observer/sensor separation distance of 4h. The postpro-
cessed control using broadband transfer function data per-
formed the worst with 19 dB of attenuation at 4h, while the
real-time control achieved an attenuation of 25 dB at 4h.

It can therefore be concluded that the performance of the
control obtained using postprocessed transfer function mea-
surements obtained with broadband noise in a lightly
damped enclosure is affected by errors associated with the
use of the fast Fourier transform used to calculate the fre-
quency response functions. These errors are greatest when
the coherence is low, occurring at resonances and antireso-
nances. The poor coherence at the antiresonances is a result
of low signal-to-noise ratio. The coherence is lowest at reso-
nance which is due to spectral leakage, even though this was
minimized by using a Hanning window and a large number
of points in the FFT~2048!. In heavily damped enclosures

leakage is generally not a problem when measuring broad-
band transfer functions since the resonant peaks are broader
~than in a lightly damped enclosure!. Using tonal noise to
measure the transfer functions eliminates the low coherence
caused by leakage in a lightly damped enclosure, conse-
quently resulting in higher levels of predicted attenuation as
a result of active noise control, for all separation distances.

Unlike the postprocessed data, which used a single mi-
crophone, the real-time measurements used a minimum of
two microphones. Sensitivity and phase mismatch between
the sensors used in real-time experiments limited the perfor-
mance.

Figure 4 shows the performance of the quadratic virtual
microphone for the four different control strategies. The ana-
lytical model shows an attenuation of 40 dB for all separa-
tion distances. Note that this is an artificial limit imposed to
simulate the expected limitations of a real-time controller.
Similar to the linear virtual microphone, the real-time control
example also achieves greater attenuation than the postpro-
cessed control using broadband transfer function data for all
separation distances. Control using postprocessed tonal
transfer function data was much better than that achieved by
the other two experimental control examples with 33 dB at-
tenuation at 4h.

Comparing the quadratic virtual microphone control ex-
amples with the corresponding linear control examples
shows that the linear algorithm outperforms the quadratic
algorithm with the exception of the analytical models. This is

FIG. 4. Uncontrolled and controlled
sound pressure amplitudes along a rig-
idly terminated duct at an acoustic
resonance using quadratic virtual mi-
crophones.
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due to the presence of short wavelength spatial variations in
the experimental data~see Fig. 5! as suggested by Kestell
et al.3 Consequently, quadratic predictions are less accurate
than the linear estimates when using physical data. The real-
time experiment used three microphones and matching both
phase and magnitude sensitivities was very difficult and,
consequently, the pressure estimate at the virtual location
was degraded.

The experiments presented here were also repeated at an
acoustic antiresonance. Conclusions drawn from the results
of those experiments agreed with all of the conclusions pre-
sented here. These results can be found in Ref. 6.

V. CONCLUSIONS

The performance of two forward-difference prediction
virtual algorithms using real-time control in a long, narrow,
rigid-walled duct has been evaluated. The results are in
agreement with those of Kestellet al.3 and suggest that these
forward-difference virtual microphones can be successfully
implemented in a real-time feedforward control situation.

Results obtained using postprocessed transfer function
data with random noise excitation in a lightly damped enclo-
sure were significantly affected by inherent FFT errors. This
implies that tonal excitation should be used to obtain transfer

function data for use in predicting the expected performance
of an ideal real-time controller. Alternatively, the FFT bin
width needs to be larger than the inverse of the decay time.

In practice, the performance of real-time control is in-
fluenced by phase and sensitivity mismatch between the pre-
diction transducers. Thus accurate system calibration and
transducer selection is important. The linear prediction algo-
rithm outperformed the quadratic prediction algorithm,
which confirms that the quadratic algorithm is more sensitive
to short wavelength spatial variations.

In the reactive environment in which these experiments
were conducted, the spatial distribution of the sound field at
resonance is determined by the mode shape or eigenfunction.
This is, in fact, a sinusoid and therefore in this environment
the possible prediction method could be a sinusoidal extrapo-
lation. This could form the basis for future work.

Work to improve the prediction algorithm and reduce
the effect of short wavelength extraneous noise has begun
and involves using higher-order microphone arrays, contain-
ing redundant microphones.

1J. Garcia-Bonito, S. J. Elliott, and C. C. Boucher, ‘‘A virtual microphone
arrangement in a practical active headrest,’’ inProceedings of Inter-noise
96 ~1996!, pp. 1115–1120.

2B. S. Cazzolato, ‘‘Sensing systems for active control of sound transmis-
sion into cavities,’’ Ph.D. thesis, The University of Adelaide, Adelaide,
South Australia, April 1999.

3C. D. Kestell, B. S. Cazzolato, and C. H. Hansen, ‘‘Active noise control
with virtual sensors in a long narrow duct,’’ Int. J. Acoust. Vibration5~2!,
63–76~2000!.

4C. D. Kestell, ‘‘Active control of sound in a light aircraft cabin with
virtual sensors,’’ Ph.D. thesis, The University of Adelaide, Adelaide, South
Austraila, 2000.

5P. A. Nelson and S. J. Elliott,Active Control of Sound~Academic, London,
1992!.

6J. M. Munn, C. D. Kestell, B. S. Cazzolato, and C. H. Hansen, ‘‘Real-time
feedforward active control using virtual sensors in a long narrow duct,’’ in
The Australian Acoustical Society Anual Conference, Canberra, Canberra,
Australia ~2001!.

FIG. 5. Prediction errors in the presence of short wavelength spatial pres-
sure variations.
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Laboratory measurements of sound scattering from a buried
sphere above and below the critical angle (L)
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Laboratory measurements of low frequency~1–10 kHz! evanescent wave field scattering from a
sphere buried in water-saturated sand was examined. A 60 cm stainless steel sphere was buried just
below a sand–water interface and the acoustic backscattering cross section was measured for above
and below critical angle geometries. The below critical angle insonification results clearly show
significant levels of backscatter from the buried sphere due to evanescent wave insonification at the
lower end of the spectrum~1–3.5 kHz!. These measurements compare favorably with first principle
estimates of the backscattered target strength and with a T-matrix-based numerical model. ©2003
Acoustical Society of America.@DOI: 10.1121/1.1523310#

PACS numbers: 43.30.Gv, 43.20.Fn@DLB#

I. INTRODUCTION

Long-range detection and classification of objects buried
in the sea-floor continues to be a challenging problem. It is
well known that lower frequency acoustical systems~1–10
kHz! have several potential advantages over their high fre-
quency counterparts. The longer wavelengths at these fre-
quencies are less affected by small-scale interface topogra-
phy, attenuation, and inhomogeneities.1–6 Moreover, because
the evanescent field decay is orderl, a resulting deeper pen-
etration is found at these longer wavelengths.5–8 In order to
fully explore these differences, particularly for long ranges
and shallow grazing conditions, it is important to understand
the physics of the interactions between the acoustic energy,
the interface, and the scattering from buried structures. To-
wards this end, we report direct experimental evidence of
high levels of scattering from a buried sphere that is due to
excitation by evanescent wave energy.

These studies were conducted at the NRL shallow water
laboratory where control and care were taken to ensure a
homogeneous sandy bottom and a smooth interface. With
these parameters under control, the scattering from inhomo-
geneities in the bottom and from interface roughness is
eliminated in the experimental results. The scattering mea-
surements reported here are only as a result of the evanescent
field interacting with a single buried object in the bottom.
This highly controlled data set is useful for comparison to
various models reported in the literature, including those of
Lim et al.,1 Williams and Thorsos,2 Maguer et al.,5 and
Schmidt and Lee.4 For the work reported here, the experi-
mental results are compared to the T-matrix-based numerical
model described in Ref. 1, though modified for the physical
parameters of the present measurement.

II. MEASUREMENT LABORATORY

The laboratory employed for these measurements is de-
tailed by Simpson,7 and we briefly review them here. The
pool physical boundaries are 8 m wide, 10 m long, and 7 m
deep. It has a 3.8 m de-ionized water column over a 3.0-m-
deep sandy bottom that is filtered, washed, and well charac-
terized. Further, it forms a nearly uniform bed of material, in
a volumetric sense, with a mean grain diameter of 240mm
and the interface can be smoothed and leveled to less than
0.5 mm of rms roughness. Both of these conditions eliminate
scattering due to inhomogeneities and a roughened interface
and enable the direct investigation of evanescent wave inter-
actions with buried structures.

A diagram of the measurement configuration is shown in
Fig. 1. For the work presented here, a robotic scanner is used
to position a Bru¨el and Kjaer model 8103 omnidirectional
hydrophone. Care is taken to produce a plane-wave-like field
in the vertical plane of the measurement in order to eliminate
above critical wave vector components from a diverging
source. To accomplish this, a 3 mline array source is used to
produce a constant phase front at the ranges used in these
experiments. It is suspended so that the wave field excites the
sand–water interface at either a 30° or 20° angle-of-
incidence~Fig. 1!. A computer is used to control the robotics
system and to acquire the data via CAMAC~Computer Au-
tomated Measurement and Control! instrumentation.

The incident acoustic pulse is designed to be flat over a
band from 1 to 20 kHz. Briefly, this is done by solving for a
wave form that inverts the response of the entire system: i.e.,
the source electronics, line array, hydrophone, and receiver
electronics. With the line array and receiver hydrophone in a
free-field condition, a 4ms digital pulse is delivered to the
source electronics which, in turn, results in a broadband im-
pulsive wave form being generated in the water. This re-
sponse is measured using the hydrophone at the intended
target range. For these measurements, a four-pole Butter-a!Electronic mail: harry.simpson.nrl.navy.mil
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worth filter is selected as a desired wave form to invert to.
The measured impulse response at the hydrophone is then
processed using a Wiener filter deconvolution to solve for a
voltage time history that is subsequently down-loaded into
an arbitrary wave form generator. Therefore, a pressure pulse
is delivered by the source that has the temporal and spectral
characteristics of a Butterworth filter. This response, a direct
measure of the free-field incident pressure, is used to normal-
ize the scattered returns. The peak source pressure level for
these measurements is 159 dB~re 1 mPa at 1 m!.

III. MEASUREMENTS

Previous measurements reported by Simpson7 have
shown that the sediment and de-ionized water in this labora-
tory have compressional wave speeds of 1680 and 1482 m/s,
respectively, resulting in a critical angle of 28°. A 60-cm-
diam stainless steel sphere was buried~Fig. 1! to within ap-
proximately 3 cm of the fluid–water interface by use of a
water-jet system. The sphere is hollow, air filled, and has a
wall thickness of 1.5 cm. After each burial and extraction,
the interface is smoothed to less than 0.5 mm of rms rough-
ness. In the effort reported here, scattering measurements
were made for two insonification angles.

For the first measurement, the source was set at a 30°
insonification angle. This angle is measured up from the in-
terface to the normal of the wave fronts, as shown in Fig. 1.
The source is 2.5 m from the insertion point of the sphere
measured along the normal to the wave fronts. The hydro-
phone is positioned 0.6 m from the insertion point, again,
along the normal to the wave fronts to 0.3 m above the
sand–water interface. After the scattering data are acquired,
the sphere is extracted, the hole in the sandy bottom is filled
and the interface is smoothed and leveled. Following this, a
background measurement is taken that is used off-line to
coherently remove the part of the direct and bottom acoustic
paths that overlap the scattered return from the target. After
performing this subtraction, the data are windowed in the
time domain to include only the direct scattering from the

buried sphere. This target return is then Fourier transformed
and normalized using the free-field measurement of the inci-
dent pulse described previously.

A second buried sphere scattering measurement was
made with the source set at a 20° insonification angle. Again,
this angle is measured up from the interface to the normal of
the wave fronts. The measurement configuration for the 20°
measurement was nearly identical to the 30° measurement,
except the source was rotated to 20° and the hydrophone was
0.9 m along the normal wave fronts but remaining 0.3 m
above the bottom. The measured data are processed in an
identical fashion to the previous measurements. The data
from both measurements are shown in Fig. 2 where they
have been normalized to the free-field measurement of the
source response and presented as target strengthre 1 m.

IV. MODEL

The model used to predict the scattering from this buried
stainless steel sphere is described by Limet al.1 Only a brief
overview of the model will be discussed along with the de-
tailed parameters used in the model. The scattering from the
buried elastic sphere is formulated using a T-matrix-based
solution to the Helmholtz equation that was then applied to a
bounded region. For the case considered here, a smooth in-
terface between the sandy bottom and the water column is
assumed, and the poro-elastic effects of the sandy bottom are
ignored by modeling the bottom as a fluid. The calculation is
further simplified by assuming an infinite half space for both
the sandy bottom and the water column. This is accom-
plished experimentally by windowing the temporal data to
eliminate the reverberations from the facility boundaries.

The insonifying wave was modeled as a plane-wave and
the scattering from the buried sphere was calculated for the
same backscattered locations as in the measurements. The
parameters used for the T-matrix-based numerical model are
detailed in Table I. Due to the temporal windowing necessi-
tated by the finite boundaries of the measurement facility, the
resulting numerical prediction was processed in a similar
manner for direct comparison to the experimental results.
The scattered amplitude of the numerical prediction was nor-
malized to a unit insonification amplitude. The calculated

FIG. 1. The in-water portion of the measurement apparatus employed in
these experiments. A 3 m line-array source is used to insonify the interface
at a 30°~above critical! and 20°~below critical! angle of incidence. The
pool facility is 10 m long, 8 m wide, and 7 m deep, the sand and water are
3.0 and 3.8 m deep, respectively.

FIG. 2. The 30° insonification backscattered measurement from a buried
sphere is shown as the solid line. The 20° insonification backscattered mea-
surement from a buried sphere is shown with a dashed line.
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scattered frequency response was zero padded with addi-
tional frequency bins to obtain the same temporal resolution
as the experiment. The frequency response was then inverse
Fourier transformed and the temporal response was truncated
to have the same vector length as the experiment. The tem-
poral data were then convolved with the free field system
response of the measurement and then the results were win-
dowed using the same temporal window as the experimental
data. This time domain prediction then followed the same
remaining processing as the experimental data.

V. DISCUSSION

A comparison between the above and below critical
angle experiments reveals a dramatic difference. For fre-
quencies below 3.5 kHz, the target strength for the below
critical angle case is only slightly below that of the above
critical angle insonification measurement of 30°~Fig. 2!.
This is an expected result if scattering due to evanescent
wave penetration is playing a dominant role. The approxi-
mate 5 dB of reduction in the below versus above critical
angle scattering target strengths for the sphere resonance fea-
ture at 1.2 kHz is consistent with our estimates of losses due
to evanescent decay of the incident field and attenuation
within the sediment.

This is arrived at by a straightforward application of a
two fluid-layer model ~e.g., Officer9 or Brekhovskikh10!
where the evanescent acoustic pressure decays exponentially
into the sediment (z direction, Fig. 1!, but is allowed to
propagate along the sediment interface (x direction, Fig. 1!.
We have P5P0exp(2mz1 ikx cosu) and m
5kAcos2 u2n2, whereP0 is the peak or rms pressure at the
interface,m and k are the wave numbers in the water and
sediment, respectively,u is the angle of incidence of the
plane wave measured up from the interface, andn is the
index. The acoustic properties of our lab are well
characterized,7 the sediment and water phase velocities are
1680 and 1482 m/s, respectively (n51482/1680). For the
purposes of our estimate we need only calculate the differ-
ences in the insonifying pressures for the two experiments
~u530° andu520°! at the sphere mid-depth, 30 cm. Here,
we assume that the differences in the net scattered signals
due to sediment attenuation and differing refractive paths are
minor. For the 30° case~nonevanescent case! we compute a
relative amplitude of 0.96P0 ~20.35 dB! and for the 20°
case~evanescent component! we compute a relative ampli-
tude of 0.61P0 ~24.29 dB!. We therefore anticipate a dif-
ference in excitation pressure on the buried sphere to be;4
dB.

We also compare these experimental results directly
with predicted target strengths from T-matrix calculations.
Figure 3~a! is a comparison of the numerical and experimen-
tal backscattered target strengths for an insonification angle
of 30°. We get reasonable agreement over the entire band of
the measurement, 1–10 kHz. Figure 3~b! is the comparison
of the numerical and experimental backscattered target
strengths for the 20°~below critical! insonification. Here
again we get reasonable agreement between the predicted
and measured target strengths below 3.5 kHz. However, we
see a greater divergence of the comparison for frequencies
above 3.5 kHz.

This divergence at higher frequencies for the 20° insoni-
fication is a result of the minimum detectable target strength
for this measurement configuration. The measured acousto-
electronic noise floor was below a250 dB target strength for
frequencies above 3 kHz; this should provide enough signal
to noise to resolve features at the240 dB target strength
level. However, the compact range processing techniques
that were incorporated for these measurements are a more
limiting factor. An assessment of the quality of the coherent
subtraction process indicates a nominal 35 dB common-
mode-rejection of the background field across the band. For
frequencies above 5 kHz, this result defines a measurement
floor at approximately240 dB target strength that is the
threshold sensitivity of the experiments. Thus at the low lev-
els of the 20 insonification measurements above 5 kHz, we
would expect only marginal agreement with the numerical
predictions@Fig. 3~b!#.

The most important result to consider from these mea-
surements is the data below 3.5 kHz. Here, the backscattered
energy for the 20° and 30° insonification angles are directly

TABLE I. Physical parameter used in T-matrix-based calculation.

Sediment velocity ~1680-i 15.39! m/s
Sediment attenuation 5.95 dB/m at 20 kHz or

0.5 dB/wavelength
Water velocity 1482 m/s
Steel velocity 5790 m/s
Sediment density 1966 kg/m3

Water density 1000 kg/m3

Steel density 7900 kg/m3

FIG. 3. Comparison of the experimental data with a T-matrix-based numeri-
cal solution.~a! Comparison for a 30° insonification of the buried sphere.~b!
Comparison for a 20° insonification of the buried sphere. For both compari-
sons, the experimental data are shown with the solid line and the numerical
prediction is shown with a dashed line.
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comparable, are well above the subtraction floor, and agree
well with the T-matrix-based numerical model. These mea-
surements clearly demonstrate how evanescent wave pen-
etration can give rise to significant backscatter levels for
large,;0.5 m, buried objects at frequencies below 3.5 kHz.
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Comment on ‘‘Development of panel loudspeaker system: Design,
evaluation and enhancement’’ [J. Acoust Soc. Am. 106,
2751–2761 (2001)] (L)

Frank Fahya)

University of Southampton, Southampton SO17 1BJ, United Kingdom

~Received 11 January 2002; accepted for publication 4 October 2002!

This letter concerns the paper ‘‘Development of panel loudspeaker system: Design, evaluation and
enhancement’’@M. R. Bai and T. Huang, J. Acoust. Soc. Am.109, 2751–2761~2001!#. It is
suggested that the radiation field generated by the near vibration field induced by a point force
acting on the plate has been neglected. It is pointed out that its relative contribution is crucially
dependent upon the mechanical loss factor of the panel, for which no data are presented. The
conclusion that the radiated power per unit mean square force is independent of frequency neglects
the radiation efficiency factor. Other perceived shortcomings of the paper are noted. ©2003
Acoustical Society of America.@DOI: 10.1121/1.1526495#

PACS numbers: 43.38.Ja@SLE#

In a recent paper by Bai and Huang, the authors state
that ‘‘The ‘coupled’ electrical-mechanical-acoustical system
should be solved simultaneously. For the present, this is
somewhat impractical from the engineering standpoint.’’ I
am surprised by this statement, since the computational tools
for solving fully coupled vibroacoustic problems involving
flat, baffled panels coupled to semi-infinite fluid volumes has
been commercially available for a number of years. When
the calculation has to cover the full audio-frequency range,
this is, admittedly, a large computational problem, but it
would have been useful to readers to learn the reasons for the
authors’ contention of impracticability.

It is stated that ‘‘Resonance of flexural motion is encour-
aged such that the panel vibrates as randomly as possible.’’ I
feel that clarification of this statement is necessary, since the
vibration field of a linear elastic structure excited by a single
point force is everywhere fully coherent, irrespective of the
time history of the force. Perhaps the authors mean that the
spatial correlation of the field, evaluated in frequency bands
sufficiently large to encompass the resonant response of a
number of modes, tends to that of an ideal, two-dimensional
diffuse field. It should also be pointed out that, contrary to
the implication at the end of Sec. II, the evanescent compo-
nents of panel vibration associated with other than simply
supported boundaries do contribute to panel radiation since
they contain supersonic wave number components.

It is surprising that the discussion of radiation is con-
fined to the reverberant component of the vibration field and
that no explicit mention is made of the radiation associated
with the near vibration field generated by a point force acting
on a plate. Interestingly, at frequencies well below the criti-
cal frequency~10 214 Hz for the experimental DML!, the far
field so generated is omni-directional and the associated
sound power per unit mean square force is independent of
frequency and plate stiffness and inversely dependent on the
square of the panel mass per unit area. The contribution of

this source of sound, relative to that of the reverberant vibra-
tion field in the plate, increases with the plate loss factor.
Control of the panel mechanical loss factor is vital, because
the proportion of input power radiated by the reverberant
component of panel vibration is crucially dependent upon the
ratio of mechanical to radiation loss factor. Unfortunately,
the paper informs us of neither the value of panel loss factor
employed in the calculations nor that of the experimental
plate.

The authors admit that a more rigorous analysis of the
problem demands that the frequency dependence of the driv-
ing point impedance of a reverberant panel should be taken
into account. However, it is likely that the assumption of a
frequency-independent, real impedance is reasonable, on two
grounds. First, the average of the driving point impedance of
a finite plate over a frequency band containing a number of
resonance frequencies equals that of the infinite plate. Sec-
ond, the effects of the back emf in the coil, which reduces the
current from a constant voltage amplifier at plate resonances,
together with its inertial impedance, which may become
comparable with that of the plate at resonances, tend to
smooth out the effect of resonant peaks in plate admittance.

The statement below Eq.~23!, that either small bending
stiffnessor small mass per unit area should be selected for
small panels, is rather puzzling. It would have been useful to
point out at this stage that the asymptotic density of flexural
modes is proportional to the inverse of the expression forfo
given by Eq.~23!, which is another reason for keepingfo as
small as possible.

As a matter of good scientific practice, the value of the
ratio of bending stiffness to mass per unit area should not be
quoted to five significant figures. We are not told how the
material properties of the polyurethane panel were estimated
~and we should be!, but even the most highly refined experi-
mental estimates cannot produce such precision.

It is stated in Sec. II that the radiated power per unit
force should be ‘‘constant’’~presumably meaning ‘‘indepen-
dent of frequency’’!, because the point impedance is inde-
pendent of frequency, and so therefore is the driving pointa!Electronic mail: frank.fahy@care4free.net
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velocity. Even if the space-averaged mean square reverberant
field velocity were consequently independent of frequency
~which is the case only for frequency-independent loss fac-
tor!, the sound power is proportional to the product of the
space-average mean square velocity and the radiation effi-
ciency, and the latter is certainly not independent of fre-
quency below the critical frequency.

The results presented in Fig. 12 are somewhat worri-
some. The DML radiation spectrum in Fig. 12~a! shows a
‘‘peak’’ at just below 20 kHz, which is higher than substan-
tial portions of the curvewithin the stated bandwidth of ex-
citation ~0–16 kHz!. Is this an indication of nonlinearity of
response? In Fig. 12~b!, the experimental curves for both
forms of loudspeaker exhibit a sharp minimum at about 530
Hz. Is this an artifact of the test conditions—interference
from a floor reflection perhaps? If so, the claim to have mini-
mized the effect of room response cannot be upheld. The
authors make no comment about the broad radiation peak in
the vicinity of 9 kHz, but the proximity of the estimated
critical frequency is surely significant.

The paper contains a number of mathematical errors.

The factor 2* Pi is missing from the denominator of Eq.~9!
and the leading sign should not be negative. The exponents
in both Eqs.~9! and~10! lack a negative sign@the authors use
1 j in the time exponent in Eq.~3!#. The panel mobility
quoted in Table I has the units inverted.

Irrespective of the foregoing comments, I suggest that
the claim made in the abstract that ‘‘Panel speakers are in-
vestigated...’’ is too sweeping, since only one particular form
of DML was studied. The enigmatic conclusion that ‘‘To
further improve the efficiency of panel speakers, planar ra-
diators without resort to the mechanism of flexural waves
should be sought in future’’ appears to conflict with the au-
thors’ comments that the generation of many flexural modes
produces the beneficial effects of suppression of beaming
through ‘‘diffuse’’ radiation. Elaboration of this intriguing
proposal is eagerly awaited.

1M. R. Bai and T. Huang, ‘‘Development of panel loudspeaker system:
Design, evaluation and enhancement,’’ J. Acoust. Soc. Am.109, 2751–
2761 ~2001!.
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Acoustic and vibration background noise in the collapsed
structure of the World Trade Center (L)

Thomas B. Gabrielson,a) Matthew E. Poese, and Anthony A. Atchley
The Pennsylvania State University, P.O. Box 30, State College, Pennsylvania 16804

~Received 12 April 2002; revised 13 August 2002; accepted 23 August 2002!

Measurements of acoustic and vibration background noise were made on 18 September 2001 at the
southern edge of the World Trade Center collapse. Sensors were deployed in a configuration
reasonable for survivor search and near an on-going recovery operation and heavy debris removal.
Geophones were placed on steel beams that extended into a deep void and a microphone was
lowered below ground level into a pocket in the rubble. Even in what appeared at ground level to
be a high-noise environment, weak or distant taps and bangs generated either by the authors or by
recovery personnel produced distinct signals from the microphone and geophones. ©2003
Acoustical Society of America.@DOI: 10.1121/1.1513799#

PACS numbers: 43.50.Rq, 43.50.Yw@SLE#

In structure collapses caused by severe storms, earth-
quakes, floods, or explosions, one of the primary goals of
Urban Search and Rescue1 ~USAR! teams is the detection
and location of survivors. Detection of acoustic and vibration
signals provides two plausible techniques for this mission
either through passive ‘‘listening’’ or through active signal-
ing and listening for a response. However, does the high
ambient noise level typical of a collapsed structure with an
on-going search/rescue/recovery operation prevent the use of
acoustic or vibration sensors for detection of survivors?
Without some understanding of the level and character of the
background acoustic and vibration noise, it is difficult to de-
velop effective systems2 for detection and localization.

This letter presents measurements of the acoustic and
vibration background at the World Trade Center collapse site.
Because of severe access limitations, only one microphone
and three geophones were deployed and their signals re-
corded at a single location. However, the measurements were
taken with sensors deployed in a configuration reasonable for
survivor search near on-going recovery operations and heavy
debris removal. There were at least 50 USAR/FDNY/NYPD3

personnel working within 50 m of the measurement site and
at least three heavy-lift cranes were operating continuously.

During the recording period from 11:30 to 13:00 EST on
18 September 2001, there were significant changes in both
the acoustic and vibration background noise levels. Shoring
timbers were being cut with a gasoline-powered saw 8 m
away to support an active recovery operation 20 m away. At
the recovery location, 30 to 40 rescue personnel were pound-
ing the shoring material into place, running an air-hammer,
and moving material around the site. The nearest heavy-lift
crane~50 m away! repositioned several times and extracted
several loads of steel beams. Figure 1 shows the location of
the measurement site~near the northwest corner of the
heavily damaged Bankers Trust building! and the local noise
sources.

The bare microphone cartridge was soldered directly to
one end of a length of RG174 coaxial cable with power

supplied by battery from the other end. The microphone el-
ement was lowered 2 to 3 m below ground level into a
pocket in the rubble through an opening about 1 m by 0.5 m.
The geophones were placed on steel box beams~formerly
vertical structural-support members from the load-bearing
exterior walls of the South Tower! that extended into a deep
void loosely filled with rubble~see Fig. 2!.

The microphone was a Panasonic WM62A electret cap-
sule~6 mm diameter, 2.7 mm long! with a nominal response
of 5 mV/Pa. The microphone response was determined by
comparison with a reference microphone~B&K 4136! in a
plane-wave tube with sinusoidal excitation swept from 25 to
10 000 Hz. Because the directional characteristics of the
acoustic field in the rubble cavity were unknown, no attempt
was made to correct the higher frequency response of the
microphone for its orientation with respect to the field.

The vibration sensors were Geospace Corporation
GS14L3 geophones with 28 Hz resonance and a nominal
above-resonance velocity response of 11 V/~m/s!. The indi-
vidual on-axis acceleration responses of the geophones were
determined by comparison with a reference accelerometer
~Kistler 8630B5! on a shaker table with sinusoidal excitation
swept from 10 to 1100 Hz. The responses were fit with
single-degree-of-freedom response functions and subse-
quently applied to convert the measured voltage to accelera-
tion.

The data were recorded using a Sony TCD-D8 DAT re-
corder and all of the response functions were applied to the
entire sensor/recorder/playback system. The DAT set the
noise floor for the geophones~at about 0.5 nm/s rms per root
hertz noise-equivalent velocity above resonance—about 0.3
mg rms per root hertz at 1000 Hz!. The electret cartridge
self-noise set the noise floor for the microphone measure-
ments at about 8mPa rms per root hertz above 1000 Hz.

Figure 3 illustrates the range of acoustic noise measured
with the below-ground microphone. The lower curve is an
averaged4 16-s sample of the quietest period and the upper
curve is an averaged 16-s sample of the noisiest period. At
the higher frequencies, the pressure spectral density of the
quiet noise curve reached the microphone noise floor~showna!Electronic mail: tbg3@psu.edu
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by the dashed line!. Although the acquisition system re-
corded frequency components of the signals to 20 kHz, the
results are shown to 3.2 kHz for two reasons:~1! audible
detection is the most important for emergency-response per-
sonnel, and~2! the spectra of tapping and banging sounds5

contain very little energy above 3 kHz in large structures.
Figure 4 shows the range of vibration noise measured

with one of the geophones. As in Fig. 3, the upper and lower
curves are averaged 16-s samples of the highest and lowest
noise levels recorded. At the highest frequencies, the acqui-
sition system noise~shown by the dashed line! limited the
measurement.

Figure 5 shows a typical spectrogram from one of the
noisier periods at the WTC site. Several features are of spe-
cial note. There is a persistent pattern of horizontal lines
through the lower section of the geophone spectrogram
~lower spectrogram in Fig. 5!. While the segment shown in
Fig. 5 is only 4 s long, this pattern persisted throughout the
measurement period. In principle, this stable pattern of back-
ground noise could be removed in real time; however, it did
not seem to inhibit aural identification of impulsive events
~like banging, tapping, or hammering!. There were also tran-
sient but repeated events. One transient event in Fig. 5 that
starts at 2 s was the result of nearby operation of a gasoline-

FIG. 1. Location of the measurement site~open circle! near the northwest
corner of the Bankers Trust building. The shaded ellipses are deep collapse
cavities. Reference distances are indicated by numbers:~1! 120 m to the
center of the South Tower,~2! 80 m to the southwest corner of World Trade
Center Four,~3! 50 m to the nearest~operating! heavy crane,~4! 20 m to an
active recovery operation, and~5! 8 m to a gasoline-powered wood saw in
intermittent operation. The dashed line shows the location of the slurry wall
that surrounds the foundation area for the two towers; dotted lines outline
completely collapsed structures; and shading indicates structures with major
damage.

FIG. 2. Orientation of the steel box beams at the measurement location with
a view to the north-northeast toward the South Tower. Two 12 by 14 in.
beams are prominent in the foreground. These beams extend diagonally
downward into a deep collapse cavity. Just beyond these beams are many
smaller box beams. The microphone was lowered into the cavity on the far
side of the larger beams in the foreground.

FIG. 3. Pressure spectral density~PSD—expressed inmPa rms per root
hertz! measured with the microphone. The upper curve represents measure-
ments taken during the period of highest noise while the lower~darker!
curve represents the lowest-noise period. The low-noise curve reaches the
self-noise level~dashed line! of the microphone above 2000 Hz.

FIG. 4. Acceleration spectral density~ASD—expressed inmg rms per root
hertz! measured with a geophone on one of the 12 by 14 in. steel box beams.
The upper curve represents the highest-noise period and the lower~darker!
curve represents the lowest-noise period. Above 3000 Hz, the low-noise
curve reaches the noise floor of the data acquisition system~shown by the
dashed line!.

46 J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Gabrielson et al.: Letters to the Editor



powered saw being used to cut shoring timbers. This event is
particularly evident on the microphone spectrogram~upper
spectrogram in Fig. 5!. The harmonic pattern of the spectrum
of the sound from the saw is clear. Furthermore, the funda-
mental and harmonics shifted up as the speed of the blade
was increased, then the frequencies shifted down as the blade
slowed entering the wood. Impulsive events that sound like
banging or tapping appear as vertical lines in the spectro-
gram and several of these are seen in the geophone spectro-
gram.

Even in what appeared at ground level to be a high-noise
environment, the microphone lowered into a cavity and the
geophones placed on solid structural elements showed rela-
tively low background noise signals above a few hundred
hertz. The rms background sound indicated by the micro-
phone was well below 100mPa per root hertz above 1000 Hz
even through high-noise periods; the rms low-noise-period
background sound approached 10mPa per root hertz. These
results support the strategy of lowering microphones into
collapsed structures in addition to listening for survivor sig-
nals from the surface.6 Placing the microphone in voids in
the collapsed structure reduces much of the surface-produced
airborne noise.

At frequencies greater than a few hundred hertz, the rms
acceleration spectral density of the background noise signal
from the geophone was between 2 and 20mg per root hertz
during the low-noise periods. Rejection of airborne noise by
the geophone along with good propagation through solid
structural elements resulted in audibly distinct signals~listen-
ing with headphones! from weak and distant taps and bangs.
Consequently, well-placed geophones may be useful for de-
tection of survivors in large-building collapses beyond the
ranges expected for present systems.7

Gentle tapping on nearby beams was clearly audible
when listening to the geophone signals even when difficult to
see from a time-series or spectrum display. Prior to making
measurements at the World Trade Center site, the geophones

were tested in a six-story parking structure near Times
Square in Manhattan. The parking structure is a simple, steel
beam structure with reinforced concrete floors. Vertical col-
umns~8 by 8 in. steel I-beams8! on a grid with spacing that
varied from 5 to 7 m supported horizontal beams~5 by 14 in.
steel I-beams! at each floor with the reinforced concrete slabs
poured on corrugated steel on the horizontal-beam grid work.
With the geophones on vertical beams at ground level, other
beams and floor areas were tapped with a small piece of
concrete rubble. This tapping was clearly audible throughout
the structure as far as the sixth floor vertically~the uppermost
floor—15 m up! and displaced 30 m horizontally from the
geophone location on the ground floor. The acceleration
spectral density of the background noise at the parking ga-
rage was similar to the lower spectral density~the back-
ground noise! shown in Fig. 4 with frequent, impulsive sig-
nals that protruded above the quiet background noise.

Some of the tonal pattern in the spectra of the back-
ground noise was the result of characteristics of the source
mechanisms but an important contributor to the apparent
spectral structure from the geophones was the natural filter-
ing of the steel-beam network to which the geophones were
attached. This observation was evident in that spectra of
stronger bangs and impulse-like sounds were shaped in a
manner similar to the spectrum of the persistent background
noise. A transient event would produce greater background
noise at the frequencies of the background ‘‘lines.’’ In effect,
the background noise provides a crude diagnostic of the fil-
tering characteristics of the structure to which the sensor is
attached.
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1As of this writing, there are 28 USAR teams in the United States. These
teams are coordinated nationally by the Federal Emergency Management
Agency~FEMA! but each team has a home state. The teams must be able
to mobilize within 6 h and function autonomously for 72 h.

2There is a commercial acoustic and vibration detection system that is part
of the standard equipment list for USAR teams. This letter does not ad-
dress the current performance of any commercial system; rather, the intent

FIG. 5. Spectrograms from the microphone~M! and one geophone~G! for a
period of high background noise. Frequency~from a few Hz to 3000 Hz! is
shown on the vertical scale and time is shown on the horizontal scale. The
vertical lines on the geophone spectrogram are impulselike events—bangs
and taps—at 0.4, 1.3, and 3.6 s. During this period, a gasoline-powered saw
was started. The harmonic structure of the noise from the saw is clearly seen
in the microphone spectrogram between 2 and 4 s. The impulselike events
are rarely seen in the microphone spectrograms.
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is to provide basic design data for improvements in employment of exist-
ing systems or for development of alternative systems.

3Fire Department of New York~FDNY! and New York Police Department
~NYPD!.

4All data shown in Figs. 3 and 4 are rms averages of 64 samples of 0.25-s
duration.

5Throughout this paper, banging or tapping refers either to test sounds
made by us or to similar noises produced by the on-site recovery teams.

6The observation is often made that survivors trapped in collapsed struc-
tures hear the rescuers well before the rescuers hear the survivors. See

FEMA National US&R Response System Rescue Specialist Training
Manual, SM Appendix A.

7Reference 6, p. 11, cites useable ranges of 25 ft for acoustic detection and
75 ft for vibration detection for conventional systems. This does not imply
that conventional systems are deficient; this manual assumes deployment
in more common small-to-medium structure collapses. It is certainly pos-
sible that a change in employment tactics is more important than a change
in the detection system itself.

8Commercial structural elements are sized in inches and this convention is
followed herein.
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The role of envelope beat cues in the detection and
discrimination of second-order amplitude modulation (L)
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~Received 3 January 2002; revised 7 September 2002; accepted 23 September 2002!

The present study extends previous work from Lorenziet al. @J. Acoust. Soc. Am.110, 2470–2478
~2001!# by investigating the respective contribution of two temporal cues~fast modulation sideband
and slow envelope beat cues! to the detection and discrimination of ‘‘second-order’’ sinusoidal
amplitude modulation~SAM!. Second-order SAM detection and rate discrimination abilities were
measured at low beat rates (f m8 <128 Hz! with a ‘‘carrier’’ modulation rate fixed at a high value
( f m5256 Hz!. The second-order SAM data were compared with first-order SAM detection and rate
discrimination thresholds measured in similar conditions at ratesf m between 1 and 256 Hz. The
results showed that~1! through 64 Hz, first- and second-order SAM detection thresholds increased
similarly when stimulus duration decreased from 2 s to 250 ms, whereas first-order SAM detection
thresholds remained unaffected by changes in duration whenf m>128 Hz, and~2! through 32 Hz,
first- and second-order SAM rate discrimination thresholds were similar and substantially lower
than first-order SAM rate discrimination thresholds measured atf m>128 Hz. These data
demonstrate that the perception of second-order SAM is mainly based on the slow envelope beat
cues. They also suggest a substantial contribution of the slow envelope beat cues appearing at the
output of modulation filters tuned to or nearf m to the perception of second-order SAM. ©2003
Acoustical Society of America.@DOI: 10.1121/1.1523383#

PACS numbers: 43.66.Ba, 43.66.Dc, 43.66.Mk@NPV#

I. RATIONALE

In a recent study~Lorenzi et al., 2001a!, sensitivity to
multicomponent temporal envelopes was assessed by mea-
suring detection thresholds for ‘‘second-order’’ SAM, that is
sinusoidal modulation applied to themodulation depthof a
SAM noise. The SAM noise~or ‘‘first-order’’ SAM ! acted as
a ‘‘carrier’’ stimulus of ratef m , and the sinusoidal modula-
tion of the SAM-noise modulation depth~of rate f m8 ) gener-
ated~i! two sidebands in the stimulus’ modulation spectrum
at ratesf m2 f m8 and f m1 f m8 , and~ii ! a beat at a ratef m8 in the
stimulus’ temporal envelope. ‘‘Second-order’’ TMTFs relat-
ing second-order modulation detection thresholds tof m8 were
lowpass in shape, and parallel measurements of masked
modulation detection thresholds revealed that second-order
SAM detection probably depended on the detection of the
beat in the envelope at ratef m8 . There was no spectral energy
at the beat rate in the modulation spectrum of the ‘‘physical’’
stimulus. Still, the modulation filterbank~MFB! model—
which assumes that a bank of broadly tuned filters decom-
poses the envelope~e.g., Dauet al., 1997!—accounted for
these second-order SAM detection data provided that audi-
tory nonlinearities introduce an audible distortion product in
the internal representation of the sound’s envelope at the beat
rate f m8 ~Sheft and Yost, 1996; Shofneret al., 1996; Moore

et al., 1999!. An additional set of studies~Lorenzi et al.,
2001b! further investigated the role of envelope beat cues in
second-order SAM detection by measuring second-order
SAM detection thresholds with a 2-Hz-wide narrow-band
noise carrier. The results showed that, whenf m5256 Hz, the
masking effect produced by the intrinsic statistical fluctua-
tions of the narrow-band noise carrier~<2 Hz! was mostly
restricted to the lowest second-order modulation rates (f m8
<16 Hz!. In agreement with the distortion hypothesis, this
indicated that detection of spectral energy atf m8 contributed
to second-order modulation detection. Nevertheless, these
slow fluctuations didnot abolish the ability to detect second-
order modulation: whereas they nearly abolished the ability
to detect first-order modulation at similar rates. This was
consistent with previous data suggesting that the distortion
product at the beat rate was relatively weak~Moore et al.,
1999!, but also revealed thatadditional envelope cues con-
tributed to second-order SAM detection. The present study
aimed at determining which cues are actually used by listen-
ers in second-order SAM perception.

Fast modulation sideband cues~near f m) might have
been involved in these tasks. However, given the poor modu-
lation frequency selectivity assumed by the MFB model
~e.g., Lorenziet al., 2001a!, sidebands would not be resolved
at most second-order modulation rates. On the other hand,
slow envelope beat cues might also have appeared at the
output of modulation filters tuned to or near the carrier ratea!Electronic mail: christian.fullgrabe@psycho.univ-paris5.fr
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f m , due to the interaction of the carrier and sideband com-
ponents in these broadly tuned filters. The purpose of the
present study was to extend previous work from Lorenzi
et al. ~2001b! by determining the respective contribution of
those~slow! envelope beat cues~at f m8 ) and~fast! modulation
sideband cues~nearf m) to second-order SAM perception. To
address this issue, second-order SAM detection and rate dis-
crimination thresholds were measured at low beat rates (1
< f m8 <128 Hz and 4< f m8 <32 Hz in the detection and dis-
crimination experiments, respectively! with a carrier rate~in
the modulation domain! fixed at a high value,f m5256 Hz. A
9-kHz pure-tone carrier was used in all experiments. As
shown previously by Viemeister~1979! and Sheft and Yost
~1990! for gated noise carriers, a decrease in stimulus dura-
tion does not affect first-order SAM detection thresholds for
f m.125 Hz. By contrast, a substantial increase in first-order
SAM detection thresholds is observed at the lowest rates
( f m<16 Hz! for the shortest duration tested. Thus, a de-
crease in stimulus duration should yield an increase in
second-order SAM detection thresholds if listeners do use
slow envelope beat cues~wherever they might originate
from!, but should not affect second-order SAM detection
thresholds if listeners do use~fast! modulation sideband cues
~near f m). Previous studies~e.g., Lee, 1994! also showed
that the just-noticeable change in the modulation rate of first-
order SAM increases with the reference modulation rate.
Thus, second-order SAM rate discrimination thresholds mea-
sured at low beat rates (4< f m8 <32 Hz! should be~i! similar
to those measured with first-order SAM at common rates,
and ~ii ! lower than first-order SAM rate discrimination
thresholds measured at high rates~e.g., f m>128 Hz! if lis-
teners do use slow envelope beat cues. On the other hand,
second-order SAM rate discrimination thresholds measured
at low beat rates should be similar to those measured with
first-order SAM at high rates if listeners do use~fast! modu-
lation sideband cues~near f m). The present paper reports
these two detection and discrimination experiments.

II. LISTENERS, STIMULI, AND METHODS

Four normal-hearing listeners~ages ranged from 22 to
27 years!, participated in the experiments. Modulation was
applied over the full duration of a 9-kHz pure-tone carrier.
All stimuli were equivalent in energy~rms! and delivered
binaurally via Sennheiser HD 565 earphones at 75 dB SPL.
In the detection tasks, stimulus duration was fixed at 2000,
500, or 250 ms including 50-ms rise/fall times shaped using
a raised-cosine function. In the discrimination tasks, the du-
ration of each stimulus~standard and target! was chosen at
random from an interval ranging from 2 to 2.5 s, including
50-ms rise/fall times. The randomization of the duration of
the stimuli, carrying always an integer number of first-order
modulation cycles~for first-order SAM discrimination task!
or second-order modulation cycles~for second-order SAM
discrimination task!, was used to prevent listeners from per-
forming the task by counting the number of cycles. In all
experiments, the interstimulus interval was fixed at 1 s.

The reader is referred to a previous publication~Lorenzi
et al., 2001b! for details of the stimulus generation and pro-

cedures used in the detection tasks. Briefly, first- and second-
order SAM detection thresholds were obtained using a two-
interval, two-alternative forced choice~2I, 2AFC!, two-
down, one-up adaptive procedure with feedback. In the first-
order SAM detection task, the starting phase of the
modulation was randomized on each interval, and modula-
tion depthm at threshold was measured at ratesf m of 1, 2, 4,
8, 16, 32, 64, 128, and 256 Hz. In the second-order SAM
detection task, the starting phases of first- and second-order
modulations were identical and randomized on each interval.
Modulation depthm8 at threshold was measured with the
carrier modulation depthm fixed at 0.5, and the carrier
modulation ratef m fixed at 256 Hz; the second-order modu-
lation ratef m8 was fixed at 1, 2, 4, 8, 16, 32, 64, or 128 Hz.
For each listener and for each rate, thresholds presented here
are based upon three estimates.

First-order modulation rate discrimination thresholds
were also obtained using a 2I, 2AFC procedure. In a typical
block, the listeners’ task was to discriminate a standard
stimulus having a fixed rate~referred to as the reference first-
order modulation ratef m , fixed at either 4, 8, 16, 32, 128, or
256 Hz! from a target stimulus having a variable rate off m

1D f m , by indicating the interval with the higher rate. In
both stimuli, the starting phase of the modulation was ran-
domized on each interval. In each trial, the standard and
target stimuli were successively presented in random order to
the listener. Over a given block, the SAM depthm was held
constant at16, 112, or 124 dB above individual SAM
detection thresholds~assessed in the detection tasks at the
same ratef m for a stimulus duration of 2 s!. For the target
stimulus, the modulation rate was varied using a two-down,
one-up stepping rule that estimates the difference limenD f m

necessary for 70.7% correct discrimination. Feedback about
the correct interval was given after each trial. The step size
of the variation corresponded initially to a factor of 1.26, and
was reduced to 1.12 after the first two reversals. The mean of
the last 10 reversals in a series of 16 reversals was taken as
the threshold estimate for that block~in Hz!. For each lis-
tener and each reference modulation rate, thresholds pre-
sented here are based upon three estimates.

Difference limens for rates of second-order sine modu-
lators were obtained using an identical procedure to that used
to gain difference limens for rates of first-order sine modu-
lators. All stimuli were modulated at a ratef m fixed at 256
Hz ~with m50.5) and modulation depth was sinusoidally
modulated at a given second-order modulation rate~with
m850.5). In each trial of a typical block, the listeners’ task
was to discriminate a standard stimulus having a fixed
second-order modulation rate~referred to as the reference
modulation ratef m8 , fixed at either 4, 8, 16, or 32 Hz! from a
target stimulus having a variable second-order modulation
rate of f m8 1D f m8 , by indicating the interval with the higher
rate. Consequently, the target could be discriminated from
the standard as soon asany change in modulation rate was
heard. In both stimuli, the starting phases of first- and
second-order modulations were identical and randomized on
each interval.
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III. RESULTS

Since the pattern of results for each stimulus duration
are similar across listeners, mean first- and second-order
TMTFs are shown in Fig. 1. In agreement with previous
studies using high-frequency sine carriers~e.g., Lorenzi
et al., 2001b!, first-order modulation detection thresholds
measured with a duration of 2 s are roughly constant up to
f m5256 Hz. As shown previously by Viemeister~1979! and
Sheft and Yost~1990!, a decrease in duration from 2 s to 250
ms does not affect the present first-order modulation detec-
tion thresholds forf m>128 Hz, but yields an abrupt and
substantial increase in first-order modulation detection
thresholds at the lowest rates tested (f m<8 Hz!. This results
in high-pass TMTF shapes for duration of 500 and 250 ms.
The constant thresholds obtained below 8 Hz and for the
shortest durations are probably due to the fact that less than
a full modulation cycle is presented to the listeners. At such
low rates, the drop in sensitivity is important. For instance, at

f m51 Hz, a decrease in duration from 2 s to 250 ms yields
a threshold increase by a factor of 11, compared to an in-
crease by only a factor of 3 atf m58 Hz. A similar trend is
observed in the second-order modulation detection data. Fig-
ure 1 shows that second-order modulation detection thresh-
olds measured for a duration of 2 s are roughly constant up
to f m8 5128 Hz. As for first-order modulation detection
thresholds, second-order modulation detection thresholds
measured at the lowest second-order modulation rates (f m8
<16 Hz! increase when duration decreases from 2 s to 250
ms, resulting in high-pass second-order TMTF shapes for the
shortest durations. Unlike first-order modulation detection
data, the decrease in duration yields a progressive increase in
second-order modulation detection thresholds instead of an
abrupt one. Moreover, the effect of duration appears less im-
portant for second-order modulation than for first-order
SAM: At f m8 51 Hz, a decrease in duration from 2 s to 250
ms yields an increase in second-order modulation detection
threshold by a factor of 6. Although the ability to detect
second-order modulation is not completely abolished atf m8
51 Hz for a duration of 250 ms, mean thresholds drop to
about 32%~individual thresholds ranging from 16% to 42%!,
getting close to the worst threshold that can be measured for
second-order modulation~i.e.,m8550%). This suggests that
the weaker effect of duration on second-order modulation
detection thresholds may be due to a floor effect.

Mean first- and second-order modulation rate discrimi-
nation thresholds (D f m andD f m8 ) are plotted as a function of
the reference first- or second-order modulation rate (f m or
f m8 ) in Fig. 2. Overall, mean first-order modulation rate dis-
crimination thresholds (D f m) increase when modulation
depthm decreases. This effect is relatively small up tof m

5128 Hz, but becomes stronger atf m5256 Hz. For each
SAM depth, the mean first-order modulation rate discrimina-
tion thresholds increase with increasing reference first-order
modulation ratef m . Overall, first-order modulation rate dis-

FIG. 1. Mean first- and second-order temporal modulation transfer functions
~TMTFs! for four normal-hearing listeners using a 9-kHz pure-tone carrier
with stimulus durations of 250~triangles!, 500 ~squares!, and 2000 ms
~circles!. The upper panel shows first-order modulation depth at threshold
@m, in % ~left ordinate! and in dB~right ordinate!# as a function of first-order
modulation ratef m . The lower panel shows second-order modulation depth
at threshold@m8, in % ~left ordinate! and in dB~right ordinate!# as a function
of second-order modulation ratef m8 .

FIG. 2. Mean first- and second-order AM rate discrimination data for four
normal-hearing listeners, using a 2–2.5-s-long 9-kHz pure-tone carrier.
First-order AM rate difference limensD f m ~in Hz! measured for modulation
depths of16 ~triangles!, 112 ~squares!, and 124 dB ~diamonds! above
detection threshold are plotted along with second-order AM rate difference
limen D f m8 ~filled circles! as a function of reference first- and second-order
modulation ratef m and f m8 , respectively.
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crimination thresholds are lower than 3 Hz whenf m is below
32 Hz, but range from 10 to 200 Hz whenf m is 128 or 256
Hz. For the highest SAM depth tested~24 dB above detec-
tion threshold!, our results are in agreement with the study
by Lee ~1994! on discrimination of SAM rate with tonal
carriers. Figure 2 also shows that, as for first-order modula-
tion, the mean second-order modulation rate discrimination
thresholds (D f m8 ) increase with increasing reference second-
order modulation ratef m8 . In agreement with Lee~1994!,
Weber’s law holds for the discrimination rate of both first-
and second-order modulation rate whenf m and f m8 are
strictly below 128 Hz:D f m / f m andD f m8 / f m8 range approxi-
mately between 0.05 and 0.07 for both first-order SAM pre-
sented at124 dB above detection threshold and second-
order SAM. Figure 2 finally shows that~i! second-order
modulation rate discrimination thresholds are similar to first-
order modulation rate discrimination thresholds measured at
common modulation rates through 32 Hz with a SAM depth
of 124 dB above threshold, and~ii ! second-order modula-
tion rate discrimination thresholds are substantially lower
than first-order modulation rate discrimination thresholds
measured atf m>128 Hz at each SAM depth.

IV. DISCUSSION AND CONCLUSIONS

The first set of experiments assessed the effects of
stimulus duration on first- and second-order SAM detection.
Through 64 Hz, first- and second-order modulation detection
thresholds increased similarly when duration decreased from
2 s to 250 ms, whereas first-order modulation detection
thresholds atf m>128 Hz remained unaffected by changes in
duration. The second set of experiments assessed modulation
rate discrimination thresholds for first- and second-order
SAM. For each SAM depth tested, first-order modulation
rate discrimination thresholds increased with increasing ref-
erence first-order modulation ratef m . A similar trend was
observed in the second-order modulation data: Discrimina-
tion thresholds increased with increasing reference second-
order modulation ratef m8 . The data also showed that,
through 32 Hz, first- and second-order modulation rate dis-
crimination thresholds were similar and substantially lower
than first-order modulation rate discrimination thresholds
measured atf m>128 Hz.

These results therefore demonstrate that in the study of
Lorenzi et al. ~2001b!: ~i! Slow envelope beat cues contrib-
uted mainly to the detection of second-order SAM, and~ii !
consistent with recent estimates of modulation frequency se-
lectivity, fast sideband cues did not play any role in the de-

tection of second-order SAM. The present results reveal that
these conclusions also hold for second-order SAM rate dis-
crimination. It is important to note that, at the lower second-
order modulation rates tested, a decrease in duration yielded
a substantial increase in second-order SAM detection thresh-
olds ~the highest mean threshold being about 32%!. This
contrasts with the detection data obtained by Lorenziet al.
~2001b! using a masking paradigm. In this study, the slow
fluctuations of the narrow-band noise carrier yielded a much
smaller increase in second-order SAM detection thresholds
~the highest masked thresholds being about 10% forf m

5256 Hz!. These data, however, remain compatible with the
MFB model if ~i! the amplitude of the distortion product at
the envelope beat ratef m8 is weak ~as suggested by Moore
et al., 1999!, and~ii ! salient envelope beat cues also appear
at the output of modulation filters tuned to or near the carrier
rate f m . In Lorenzi et al. ~2001b!, the slow fluctuations of
the noise carrieronly masked the weak distortion product at
f m8 , but left intact the envelope beat cues appearing in the
high-frequency region of the internal modulation spectrum
~near f m). In the present study, a decrease in stimulus dura-
tion affectedanyenvelope beat cues appearing in the internal
modulation spectrum, causing therefore a greater drop in
second-order SAM sensitivity.
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Recently, Holt and Lotto@Hear. Res.167, 156–169~2002!# reported that preceding speech sounds
can influence phonetic identification of a target syllable even when the context sounds are presented
to the opposite ear or when there is a long intervening silence. These results led them to conclude
that phonetic context effects are mostly due to nonperipheral auditory interactions. In the present
paper, similar presentation manipulations were made with nonspeech context sounds. The results
agree qualitatively with the results for speech contexts. Taken together, these findings suggest that
the same nonperipheral mechanisms may be responsible for effects of both speech and nonspeech
context on phonetic identification. ©2003 Acoustical Society of America.
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I. INTRODUCTION

There exists a class of perceptual phenomena known as
phonetic context effectsin which the perceived phonemic
identity of a speech sound is moderated by the identity of
neighboring speech sounds. That is, identical acoustics can
lead to different identifications depending on the identity of
precursor speech sounds. For example, the reported identifi-
cation of a syllable-initial stop can be changed from /g/ to /d/
by changing the preceding context syllable from /al/ to /ar/
~Mann, 1980!.

Holt and Lotto~2002! attempted to ascertain the level of
the auditory system at which the stimulus interactions under-
lying phonetic context effects occur. In one experiment, they
presented context syllables~e.g., /al/ or /ar/! and target syl-
lables~/da/–/ga/ series members! to opposite ears. The iden-
tity of the context syllable affected identifications of the tar-
get syllable even in this dichotic presentation condition.
However, the size of the identification boundary shift was
slightly smaller than for diotic presentation conditions. In a
second experiment the duration of the silent gap between the
context and target syllable was varied from 25 to 400 ms
~this gap was typically 50 ms in previous experiments!. A
significant effect of context was evident even when context
offset and target onset were separated by as much as 275 ms.
Holt and Lotto ~2002! argue that these results suggest that
context effects are partially mediated by nonperipheral
mechanisms. That is, it is unlikely that they are due to mask-
ing or interactions at the level of the auditory nerve or per-
haps even cochlear nucleus. In agreement with these conclu-
sions, Holt and Rhode~2000! failed to find evidence for

appropriate speech-sound stimulus interactions in recordings
from chinchilla VIIIth nerve.

Recently, there have been a number of demonstrations of
shifts in phonetic identification caused by nonspeech context
sounds such as sine-wave tones~Lotto and Kluender, 1998;
Holt et al., 2000!. Lotto and Kluender~1998! presented lis-
teners consonant–vowel~CV! syllables preceded by sine-
wave tones that modeled the frequency trajectory of the third
formant (F3) of /al/ or /ar/. Listeners identified the CVs
more often as /ga/ following the sine-wave modeling /al/ and
more often as /da/ following the sine-wave modeling /ar/.
Because these nonspeech context sounds had no perceived
phonetic content, the authors proposed that the spectral con-
tent of the context sounds moderates the shift in identity of
the target speech sounds. In this case, high-frequency spec-
tral energy (F3 offset of /al/ or high-frequency sine wave!
leads to more /ga/ responses~/g/ has a low-frequencyF3
onset! and low-frequency spectral energy (F3 offset of /ar/
or low-frequency sine wave! results in more /da/ responses
~/d/ has a high-frequencyF3 onset!. This pattern of results
has been referred to asspectral contrast~Holt et al., 2000!.

The question that is immediately raised is whether the
processes responsible for nonspeech context effects are the
same as those underlying speech context effects. Fowler
et al. ~2000! suggest that nonspeech context effects are pri-
marily due to masking. On the other hand, they propose that
speech context effects are due specifically to perception of
speech gestures.

In addition to a masking account, it is possible that non-
speech context effects are complex demonstrations ofaudi-
tory enhancement~Viemeister, 1980; Viemeister and Bacon,
1982; Summerfieldet al., 1984!. Auditory enhancement re-
fers, generally, to a class of effects in which energy in a
frequency region is perceptually enhanced if it is preceded
by a sound that lacks energy in that region.

Holt and Lotto~2002! argue that their results are incom-

a!Electronic mail: alotto@wsu.edu
b!Sarah Sullivan is currently in the Department of Psychology, University of

Texas-Austin.
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patible with an auditory enhancement or peripheral masking
account ofspeechcontext effects. In particular, the time
course of auditory enhancement appears to differ from the
speech context effects. Holt and Lotto demonstrated that
speech context effects are present out to at least 275 ms of
intervening silent gap. Viemeister and Bacon~1982! found
no appreciable auditory enhancement in a masking study be-
yond about 100 ms of intervening silence. In addition, audi-
tory enhancement appears to be a strictly monaural phenom-
enon. Summerfield and Assmann~1989! failed to find effects
of a precursor stimulus in auditory enhancement vowel ex-
periments when the context was presented to the contralat-
eral ear. In contrast, Holt and Lotto demonstrated robust ef-
fects of speech contexts presented to the opposite ear of the
target syllables.

The purpose of the two experiments presented here is to
determine whether auditory enhancement or peripheral
masking can completely account for nonspeech context ef-
fects. The manipulations utilized by Holt and Lotto~2002!
have been replicated here with nonspeech contextual sounds.
Experiment 1 examines the effect of dichotic versus diotic
presentation on nonspeech context effects. In experiment 2,
subjects are presented context and target syllables with vary-
ing durations of intervening silence. The question is whether
these manipulations will moderate nonspeech context effects
in a qualitatively different manner than witnessed for speech
context effects. If not, then it may be reasonable to suggest
that similar mechanisms are culpable for both speech and
nonspeech context effects.

II. EXPERIMENT 1 „DICHOTIC VERSUS DIOTIC
PRESENTATION…

A. Methods

1. Subjects

Twenty-four undergraduate students at Washington State
University participated in the experiment for course credit.
All were native English speakers that reported no hearing
deficits or disorders.

2. Stimuli

A ten-member series of synthetic speech varying acous-
tically in F3 onset frequency and varying perceptually from

/ga/ to /da/ was created using the cascade branch of the Klatt
~1980! synthesizer. For these stimuli,F3 onset frequency
varied from 1800 to 2700 Hz in 100-Hz steps. From onset,
F3 frequency changed linearly to a steady-state value of
2450 Hz across 80 ms. All other synthesis parameters were
constant across series members. The first formant frequency
(F1) increased linearly from 300 to 750 Hz and the second
formant (F2) frequency declined from 1650 to 1200 Hz
across 80 ms. The fourth formant (F4) had a steady-state
value of 2850 Hz. Fundamental frequency (f 0) was 110 Hz
over the first 200 ms and decreased to 95 Hz over the last 50
ms. Total stimulus duration was 250 ms. This CV series is
identical to that used by Holt and Lotto~2002! in experi-
ments 1b and 2b.

The nonspeech context stimuli were based on the speech
precursors used in Holt and Lotto~2002!. An analog of /al/
and /ar/ was created by using the synthesis parameters from
Holt and Lotto in the parallel branch of the Klatt~1980!
synthesizer. Amplitudes for all formants other thanF3 were
set to zero. This resulted in a 250-ms harmonic complex (f 0
equals 110 Hz! with a single frequency-varying amplitude
peak. In terms of synthesis parameters, the frequency of this
single formant was set at 2450 Hz for the first 100 ms for
both contexts. The two contexts differed in the formant fre-
quency trajectory over the final 150 ms. For the context mod-
eling /al/ ~referred to ashighfreq!, the formant increased lin-
early in frequency to 2700 Hz. For the context modeling /ar/
~lowfreq!, the formant decreased linearly to 1600 Hz. These
context sounds are not perceived as speech and certainly
contain no identifiable phonemic content.

All stimuli were synthesized with 16-bit resolution at a
20-kHz sampling rate and stored on a computer disk follow-
ing synthesis. Stimulus presentation was under the control of
a microcomputer and Tucker Davis Technologies~TDT!
hardware. Context sounds and target syllables were ap-
pended online with a 50-ms intervening silent interval. Fol-
lowing D/A conversion~TDT, DD1!, stimuli were low-pass
filtered at a 9.8-kHz cutoff frequency~TDT, FTG2!, attenu-
ated ~TDT, PA4!, and presented over headphones~Senn-
heiser HD 285! at 75 dB SPL~A!.

FIG. 1. Boundaries for identification of /ga/–/da/ syl-
lables preceded byhighfreq ~dark bars! and lowfreq
~light bars! for diotic and dichotic presentation condi-
tions. Taller bars~higher-frequency boundaries! indicate
more ‘‘ga’’ responses. A difference in bar height reflects
an influence of preceding context on consonant identi-
fication.
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3. Procedure

One to three subjects were tested concurrently in a
sound-attenuated booth during a single experimental session.
During each trial, listeners heard the appended stimuli~con-
text followed by target syllable! over headphones. The lis-
teners’ task was to identify the target syllable as ‘‘da’’ or
‘‘ga’’ by pressing a labeled button on an electronic response
box. Intertrial interval was approximately 3 s.

The experiment was divided into two blocks correspond-
ing to diotic and dichotic presentation. Each subject com-
pleted both blocks and order of block presentation was coun-
terbalanced across subjects. In the dichotic block, context
and target were presented to opposite ears, with ear of con-
text presentation randomized across trials. In the diotic
block, both context and target were presented tobothears on
each trial. In each block, listeners responded to 10 repetitions
of each of the context/target combinations~2 contexts310
target CVs310 repetitions5200 trials per block!. In all, the
experiment lasted approximately 45 min.

B. Results and discussion

Previous context effect experiments~e.g., Lotto and
Kluender, 1998! have used a performance criterion for inclu-
sion of data in analyses. For the current two experiments,
data were withheld from analyses for subjects who failed to
correctly identify the two endpoint CVs~the best /da/ and
/ga/! at least 80% of the time across conditions. In experi-
ment 1, this led to the exclusion of data from two subjects.
Identification boundaries were computed on the percentage
of ‘‘ga’’ responses through probit analysis. These boundaries
~in terms ofF3 frequency of the CV series! are presented in
Fig. 1. In the diotic presentation condition, identification
boundaries significantly shifted fromhighfreq ~2310.4 Hz!
compared tolowfreq ~2138.1 Hz! contexts@ t(21)56.74, p
,0.0001]. An identification shift was also present for the
dichotic presentation condition@from 2229.7 to 2145.7 Hz;
t(21)52.24,p,0.05]. A 2 ~presentation condition!32 ~con-
text! repeated measures ANOVA revealed that the effect of
context was significantly greater in the diotic presentation
condition @F(1,21)54.665,p,0.05].

The results of experiment 1 are consistent with the re-
sults of experiment 1b of Holt and Lotto~2002!. In the latter
study, speech context effects were present for both diotic and
dichotic presentation, but the effect of context was numeri-
cally smaller in the dichotic condition. A 2~speech versus
nonspeech!32 ~presentation condition!32 ~context! mixed-

model ANOVA confirmed the agreement of the results from
the two experiments. There were no significant interactions
including the speech versus nonspeech variable (ps
.0.10). This agreement of results suggests that similar
mechanisms may underlie both speech and nonspeech con-
text effects on phonemic identification. In both cases, it is
unlikely that the identification shifts are caused solely by
peripheral masking or auditory enhancement, as these
mechanisms are monaural in nature. It is still possible that
these peripheral mechanisms play some role in both speech
and nonspeech context effects since both effects are smaller
when context and target cannot interact in the periphery.

III. EXPERIMENT 2 „SILENT GAP DURATION …

A. Methods

1. Subjects

Twenty undergraduates at Washington State University
participated for course credit. All were native speakers of
English that reported no hearing deficits or disorders. None
of the subjects participated in experiment 1.

2. Stimuli

Stimuli were identical to those used in experiment 1.
Only the duration of the intervening silent interval differed.
The six intervening silent intervals were 25, 50, 100, 175,
275, and 400 ms. These duration intervals are identical to
those used in experiment 2b of Holt and Lotto~2002!.

3. Procedure

The task for the subjects was the same as in experiment
1. Each subject participated in three blocks of 120 trials~2
contexts36 gap durations310 CV target stimuli!. Within
each block, presentation order of stimuli was randomized.
The context and target stimuli were presented to both ears.

B. Results and discussion

Data from three subjects who failed to identify 80% of
endpoint stimuli were excluded from further analysis. Probit
boundaries for each gap duration3context condition are pre-
sented in Table I.

Planned paired-sample t-tests were used to examine the
context effect at each duration of intervening silence. The
spectral content of the contextual sound caused a significant
shift in identification boundaries for all silent gap durations
up to and including 175 ms (ps,0.05; see Table I!. No

TABLE I. Means and standard deviations~in parentheses! of identification boundaries as a function of context
and silent interval duration from experiment 2. Differences between contexts were tested with paired-sample
t-tests.

Context 25 ms 50 ms 100 ms 175 ms 275 ms 400 ms

Highfreq 2451.4 2403.7 2322.9 2311.4 2268.7 2296.1
~101.8! ~102.8! ~124.1! ~64.7! ~141.7! ~98.2!

Lowfreq 2300.4 2307.6 2232.8 2256.2 2257.7 2291.7
~146.3! ~140.5! ~109.7! ~87.2! ~101.3! ~109.2!

t-test
df516

3.64 2.74 2.92 2.33 0.36 0.14

p-value 0.0022 0.014 0.0099 0.033 0.72 0.89
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effect of context was present for the 275- and 400-ms gap
conditions (ps.0.72). Qualitatively equivalent results were
obtained for tests computed on the mean percent of ‘‘ga’’
responses.

This pattern of results is quite similar to that obtained by
Holt and Lotto~2002! in experiment 2b. They found an ef-
fect of speech context on CV identification out to 275 ms of
intervening silence. No effect was present for a 400-ms silent
gap. In both the nonspeech and speech context experiments,
the size of the context effect decreases monotonically with
increasing gap duration.

IV. GENERAL DISCUSSION

The pattern of results from both experiments described
here matches the pattern obtained by Holt and Lotto~2002!
with speech contexts. A significant context effect on CV
identification remains when context is presented contralater-
ally to target. In both cases, the dichotic context effect is
robust though smaller than for diotic presentation conditions.
Effects of context also remain for substantial durations of
intervening silent gaps. For speech contexts, this gap can
extend to at least 275 ms. For nonspeech contexts, significant
shifts were demonstrated out to 175 ms.

Fowler et al. ~2000! propose that speech and nonspeech
context effects are different in kind. However, the agreement
of the current results with those of Holt and Lotto~2002!
implicates similar mechanisms in both kinds of context ef-
fects. This agreement can be added to the mounting evidence
for a general auditory role in speech context effects. Several
previous studies have demonstrated nonspeech context ef-
fects that are equivalent in size of boundary shift to corre-
sponding speech context effects~Lotto and Kluender, 1998;
Holt et al., 2000!. The current studies extend these similari-
ties across a series of presentation manipulations.

The results of these experiments support the contention
of Lotto and Kluender~1998; Lottoet al., 1997! that general
mechanisms of the auditory system are at least partially re-
sponsible for the kinds of speech context effects examined
here. The result of these general mechanisms is the percep-
tual emphasis of energy in frequency regions that are less
represented in context sounds. That is, changes in the pattern
of spectral energy are enhanced. The behavioral input–
output function can be described asspectral contrastand it
appears to be a general property of auditory systems. Lotto
et al. ~1997! demonstrated that birds~Japanese quail,
Coturnix japonica! trained to respond to /da/ and /ga/ stimuli
also show contrastive response shifts with /al/ and /ar/ con-
texts. Lotto and Kluender’s description of the pattern of con-

trastive output does not implicate any particular mechanism.
However, the results of the current set of experiments pro-
vide evidence against some proposed mechanisms.

Given the monaural nature of peripheral masking and
auditory enhancement, it is unlikely that either of these
mechanisms is solely responsible for context effects. The fact
that dichotic context effects were smaller suggests that it is
possible that peripheral mechanisms playsomerole. How-
ever, a complete explanation will require a description of
more central processes that take input from both ears. The
relative temporal robustness of the context effects described
in experiment 2 is also consistent with a central mechanism.
In general, as one observes effects of interactions at more
central levels of the auditory system, there is a longer tem-
poral window over which auditory events interact and influ-
ence one another~Popper and Fay, 1992!. These results are
in agreement with neurophysiological investigations of
speech context effects that found little evidence for contrast
at the auditory nerve~Holt and Rhode, 2000!.
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Sounds produced by individual white whales, Delphinapterus
leucas, from Svalbard during capture (L)

Sofie M. Van Parijs,a) Christian Lydersen, and Kit M. Kovacs
Norwegian Polar Institute, N-9296 Tromsø, Norway

~Received 28 February 2002; revised 2 May 2002; accepted 1 October 2002!

Recordings were made of the sounds produced by white whales during capture events in
Storfjorden, Svalbard, in the late autumn. Only four of eight captured individuals produced sounds.
Four subadults, one female and three males, between 330 and 375 cm long, did not produce sounds
during handling. The four animals that produced sounds were as follows: a female subadult of 280
cm produced repetitive broadband clicks; a solitary calf produced harmonic sounds, which we
suggest may serve as mother–calf ‘‘contact calls,’’ and a mother–calf pair were the two animals that
produced the most sounds in the study. The mother produced ‘‘crooning’’ broadband clicks and
frequently moved her head toward her calf while producing underwater sounds. The calf produced
three types of frequency-modulated sounds interspersed within broadband click trains. No sounds
were heard from any of the animals once they were free-swimming, or duringad lib recording
sessions in the study area, even though groups of white whales were sighted on several occasions
away from the capture net. ©2003 Acoustical Society of America.@DOI: 10.1121/1.1528931#

PACS numbers: 43.80.Ka, 43.40.Dx, 43.70.Bk@WA#

I. INTRODUCTION

White whales,Delphinapterus leucas, produce a wide
range of variable underwater sounds~e.g., Sjare and Smith,
1986a, b; Bel’kovich and Sh’ekotov, 1992, 1993!. These
sounds have been shown to vary according to behavioral
context ~e.g., Sjare and Smith, 1986a, b; Bel’kovich and
Sh’ekotov, 1992, 1993!; a variety of studies have linked in-
dividual signals with specific behaviors and group contexts
~Morgan, 1979; Bel’kovich and Sh’ekotov, 1992, 1993!.
However, few studies have studied the sounds produced by
individual whales~e.g., Au and Nachtigall, 1997!. Given the
complexity of white whale sounds, further investigations of
this kind are necessary to improve our understanding of
sound usage in this species. White whales are thought to alter
their calling behavior in response to the presence of vessels
~Finley et al., 1990; Lesageet al., 1999! and a variety of
cetacean species have been shown to produce ‘‘contact calls’’
during stressful situations~Caldwellet al., 1990!. The aim of
this study was to investigate the sounds produced by indi-
vidual white whales during capture.

II. METHODS

This study was carried out between 17 and 23 October
2001 at Wichebukta in Storfjorden~78°318N, 18°558E!, east-
ern Spitsbergen. White whales were captured using a net set
from the beach and the sex and age of all individuals were
determined@see Lydersenet al. ~2001! for more details#. The
whales were captured for the purpose of deploying satellite
transmitters. During the handling process continuous record-
ings were made of the sounds of each captured whale. A
hydrophone was placed 0.5 m deep in the water in front of

the head of each individual and recordings were made of any
sounds that were produced during handling and upon release.
Recordings of the sounds were made using a High Tech Inc.
hydrophone~model HTI-96-MIN, sensitivity:2170 dB, flat
frequency response: 5 Hz to 30 kHz; add61.0 dB! and a
digital audio tape recorder, Sony TCD-D8~frequency re-
sponse 5 Hz to 22 kHz61.0 dB!. The recordings were digi-
tized and displayed as spectrograms~fast Fourier transforms,
dt: 10 ms,d f : 102 Hz, FFT size: 512! using the BatSound
analysis PC software program~Pettersson Elektronik A.B.,
1996!.

Sounds were divided into two broad categories, broad-
band clicks and narrow-band frequency-modulated sounds.
Frequency-modulated sound types were defined according to
variations in their spectral contours. Only high-quality
records, where all sound contours were distinctly measurable
on the spectrograms, were used for these analyses. Two
sound parameters were measured for burst pulses and
narrow-band frequency modulated sounds:~1! total duration
~s! and ~2! frequency with the greatest energy, Fmax~kHz!.
For broadband clicks four measurements were made:~1! the
duration of the click train~s!; ~2! the interclick interval ICI
~s!, ~3! number of clicks per seconds, and~4! the interval
between one click train and the next, BCI~s!. Measurements
were restricted by the upper limit~22 kHz! of the recording
equipment.

Ad lib recordings were made each day during the study
period, from a zodiac that was adrift several hundred meters
offshore in the bay in which the net was set.

III. RESULTS

Eight whales were captured during the study period: five
were subadults, one mother–calf pair was captured, and one
solitary calf. Four of the five subadults~one female and three
males! did not produce any sounds. These animals were all

a!Author to whom correspondence should be addressed. Sofie Van Parijs,
Norwegian College of Fisheries Science, University of Tromsø, 9037
Tromsø, Norway. Electronic mail: sofievp@nfh.uit.no
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more than 320 cm in length. A mother–calf pair, a solitary
calf and, a subadult that was 280 cm long each produced
sounds. All of these whales were females.

Sounds produced by the solitary calf were distinct from
all other sounds recorded in this study, in that they contained
frequency-modulated calls. There were two distinct sounds,
harmonic 1 and 2~Fig. 1!. The calf produced sounds for 66%
of the handling time (n524 min). Harmonic 1 (n5108) had
a mean duration of 0.760.01 SE s, with a mean Fmax of
3.360.07 SE kHz. Harmonic 2 (n539) had a mean duration
of 0.460.01 SE and a mean Fmax of 1.560.2 SE. During
production of this sound air was expelled by the calf through
its blowhole.

The mother–calf pair were kept in close contact with
one another throughout their handling time. The mother pro-
duced sounds 79% of the time and the calf produced sounds
43% of the time (n535 min). The sounds produced by the
mother were composed of repetitive click trains that varied
greatly in duration~mean 1.961.3 SE s,n5339) ~Fig. 2!.
ICI varied from 0.46 to 0.012 s in duration with a mean of 27
clicks produced per second (n5241). The mean BCI was
1.561.1 SE s (n5235). The click trains produced by the
mother had a distinct audible ‘‘crooning’’ sound. The female
frequently moved her head toward the calf while producing
underwater sounds. The calf from the mother–calf pair pro-
duced click trains (n5206) and occasional frequency-
modulated sounds within the click trains (n532) ~Fig. 3!.
The calf’s click trains had a mean duration of 0.660.5 SE s.
ICI varied from 0.5 to 0.09 s in duration, with a mean of 18
clicks per second. The mean BCI was 6.561.3 SE s (n
5153). This calf produced three types of frequency-
modulated sounds, all of which occurred with either one or
no harmonics~Fig. 3!: a flat contour (n518), an upsweep
(n59), and a variable contour (n55). The mean duration
of the flat contour whistle was 0.460.05 SE s, with the mean
frequency of the first harmonic at 7.660.3 SE kHz and the
second harmonic of 15.160.1 SE kHz. Upsweep whistles
were 0.360.03 SE s in duration and 7.960.02 SE kHz in the

first harmonic and 15.060.08 SE kHz in the second har-
monic. Variable contour whistles were considerably longer in
duration ~mean of 1.260.9 SE s!, but had a comparable
Fmax of 7.760.3 SE kHz in the first harmonic and 15.160.3
SE kHz in the second harmonic. The subadult female pro-
duced only click trains~Fig. 4!. A total of 37 min were re-
corded for this animal, during which the subadult produced
sounds 28% of the time. The click trains had a mean duration
of 0.360.08 SE s (n589). ICI varied from 0.41 to 0.03 s in
duration with a mean of 22 clicks per second. The mean BCI
was 11.562.7 SE s (n5153).

A total of 7 h of ad lib recordings were made from a
drifting zodiac. Even though whales passed close to the boat
on several occasions, no white whales sounds were recorded
from any free-swimming individuals.

IV. DISCUSSION

This study has shown that individual white whales pro-
duce a variety of different sounds during a similar, stressful
situation. Surprisingly, subadults of more than 320 cm in
length did not produce any sounds under 22 kHz, while be-
ing held in a net and manipulated. Although it is possible that
subadults produced ultrasonic sounds, during this and in
other studies, the majority of sounds produced by white
whales have either a part or the whole component that occurs
below 22 kHz~e.g., Sjare and Smith, 1986a, b; Bel’kovich
and Sh’ekotov, 1992, 1993!. Among the subadults that did

FIG. 1. Spectrograms of the harmonic sounds 1 and 2 produced by the
solitary female calf~fast Fourier transforms,dt: 10 ms,d f : 102 Hz, FFT
size: 512!. The gaps in the time scale on thex axis represent the start and
end of each spectrogram.

FIG. 2. Spectrograms of the broadband clicks and burst pulsed sounds pro-
duced by the adult female from the mother–calf pair~fast Fourier trans-
forms,dt: 10 ms,d f : 102 Hz, FFT size: 512!. The gaps in the time scale on
the x axis represent the start and end of each spectrogram.
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not produce sounds, there were one female and three males,
therefore it is unlikely that this result is related to variation in
sex. It is more likely that it is related to age. The single
subadult that did produce sounds was 280 cm in length, sug-
gesting it was between three and four years of age~Heide-
Jørgensen and Teilmann, 1994!. The sounds that it produced
were solely broadband clicks. Click series, as defined by

Sjare and Smith~1986a!, are used most frequently during
‘‘socially interactive’’ or ‘‘alarm situations.’’ The click series
produced by this individual in this study resembled the
broadband clicks observed in Sjare and Smith~1986a!.

The solitary calf produced sounds that were different
from those recorded for other individuals. Similar sounds to
this harmonic call have been documented in the repertoires
of wild ranging white whales~Sjare and Smith, 1986a;
Bel’kovich and Sh’ekotov, 1992, 1993!. The size of this in-
dividual suggests that it was one to two years old and there-
fore still likely to have been dependent on its mother.
Mother–calf whistles are produced inTursiops sp.and have
been shown to facilitate reunions between mother–calf pairs
~e.g., Smolkeret al., 1993!. It is possible that the sounds
produced by the calf were a mother–calf contact call pro-
duced during separation. The adult female of the mother–
calf pair produced broadband clicks. The behavior of the
mother suggested that these sounds were directed toward her
calf. Bel’kovich and Sh’ekotov~1992! show spectrographs
of sounds produced by mother–calf pairs, some of which
resemble those produced in this study. However, the sounds
used by the mother–calf pair in this study differ significantly
from the whistles reported in many delphinid mother–calf
contact behaviors~Smolkeret al., 1993!.

The fact that only young animals and members of a
mother–calf pair produced sounds during capture suggests
that previously described ‘‘alarm calls’’~Finley et al., 1990;
Lesageet al., 1999! may actually be contact calls between
mothers and dependent young. No sounds were recorded
from free-swimming whales, although groups were sighted
in the area where boats were operating. Additionally, no
sounds were produced from males or large juveniles that
were captured, presumably in a ‘‘stressful’’ situation. Unlike
many delphinid species~Caldwell et al., 1990!, the white
whales in this study did not produce a standard ‘‘contact
call.’’ The sounds produced by individual animals during
handling were variable, but the age/status of animals emit-
ting calls and their structure suggest that it is likely that they
all served as ‘‘contact calls.’’
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This paper provides a temporal model of the direct and inverse scattering problem for the
propagation of transient ultrasonic waves in a homogeneous isotropic slab of porous material having
a rigid frame. This new time domain model of wave propagation takes into account the viscous and
thermal losses of the medium as described by the model of Johnsonet al. @D. L. Johnson, J. Koplik,
and R. Dashen, J. Fluid. Mech.176, 379 ~1987!# and Allard @J. F. Allard ~Chapman and Hall,
London, 1993!# modified by a fractional calculus based method applied in the time domain. This
paper is devoted to the analytical calculus of acoustic field in a slab of porous material. The main
result is the derivation of the expression of the scattering operators~reflection and transmission!
which are the responses of the medium to an incident acoustic pulse. In this model the reflection
operator is the sum of two contributions: the first interface and the bulk of the medium.
Experimental and numerical results are given as a validation of our model. ©2003 Acoustical
Society of America.@DOI: 10.1121/1.1528592#

PACS numbers: 43.20.Bi, 43.20.Hq@ANN#

I. INTRODUCTION

The ultrasonic characterization of porous materials satu-
rated by air is of a great interest for a large class of industrial
applications. These materials are frequently used in the au-
tomotive and aeronautics industries or in the building trade.
The determination of the properties of a medium from waves
that have been reflected by or transmitted through the me-
dium is a classical inverse scattering problem. Such prob-
lems are often approached by taking a physical model of the
scattering process, generating a synthetic response for some
assumed values of the parameters, adjusting these parameters
until reasonable agreement is obtained between the synthetic
response and the observed data. Some of the recent
progresses in this area are reviewed in Allard1 and Lafarge.2

Many applications like medical imaging or inverse scattering
problems require the study of the behavior of pulses travel-
ing into porous media,3 it is only recently that the response
of these media to such excitations has been fully addressed
in Fellahet al.4–7 for some elementary configurations in po-
rous media. To efficiently cope with the specific problems
appearing in the transient acoustic field propagation, new
approaches are required.8 At present most analysis of signal
propagation are carried out in the frequency domain using
the Fourier transform to translate the results in the time do-
main and vice versa. This, however, has several limitations.

The first is that the transformation is difficult to compute
numerically with sufficient accuracy for non analytical func-
tions. For example, using Fourier transform to obtain time
domain results for a lossy material is a more complicated
approach than using a true time domain analysis, and the
numerical results are less accurate. The second disadvantage
is that by working in the frequency domain some numerical
information is lost or hard to recover. For example, in case of
noisy data it may be difficult to reconstruct the chronological
events of a signal by phase unwrapping. Consequently, it is
difficult to obtain a deep understanding to transient signal
propagation using frequency domain method.

The time domain response of the material is described
by an instantaneous response and a ‘‘susceptibility’’ kernel
responsible of the memory effects. A time domain approach
differs from the frequency analysis in that the susceptibility
functions of the problem are convolution operators acting on
the velocity and pressure fields, and therefore a different al-
gebraic formalism has to be applied to solve the wave equa-
tion. In the past, many authors have used the fractional cal-
culus as an empirical method to describe the properties of
viscoelastic materials, e.g., in Caputo9 and Bagley.10 The ob-
servation that the asymptotic expressions of stiffness and
damping in porous materials are proportional to fractional
powers of frequency suggests the fact that time derivatives of
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fractional order might describe the behavior of sound waves
in this kind of materials, including relaxation and frequency
dependence.

The core of this paper is the analytical calculus in time
domain of the acoustic field inside the porous material and
the derivation of the expression of the scattering operators
~reflection and transmission! which are the responses of the
medium to an incident acoustic pulse.

The outline of this paper is as follows. In Sec. II, a time
domain model is given, the connection between the frac-
tional derivatives and wave propagation in rigid porous me-
dia in high frequency range is established, the basic equa-
tions are written in the time domain. Section III is devoted to
the direct problem and to the general solution of the propa-
gation wave in this domain. Section IV contains the expres-
sions of the reflection and transmission kernels in the time
domain. In Sec. V, a validation via ultrasonic measurements
for the direct problem is treated and finally in Sec. VI an
approach to inverse problem given the physical parameters
describing the propagation of ultrasonic waves in porous ma-
terials is given.

II. MODEL

In the acoustics of porous materials, one distinguishes
two situations according to whether the frame is moving or
not. In the first case, the dynamics of the waves due to the
coupling between the solid skeleton and the fluid is well
described by the Biot theory.11,12 In air-saturated porous me-
dia the structure is generally motionless and the waves
propagate only in the fluid. This case is described by the
model of equivalent fluid which is a particular case of the
Biot model, in which the interactions between the fluid and
the structure are taken into account in two frequency re-
sponse factors: the dynamic tortuosity of the mediuma~v!
given by Johnsonet al.13 and the dynamic compressibility of
the air included in the porous materialb~v! given by Allard.1

In the frequency domain, these factors multiply the density
of the fluid and its compressibility respectively and represent
the deviation from the behavior of the fluid in free space as
the frequency increases. In the time domain, they act as op-
erators and in the high frequency approximation their expres-
sions are given by Fellah and Depollier4,5 and Fellahet al.6,7

as

ã~ t !5a`S d~ t !1
2

L S h

pr f
D 1/2

t21/2D , ~1!

b̃~ t !5S d~ t !1
2~g21!

L8 S h

p Prr f
D 1/2

t21/2D , ~2!

in these equations,d(t) is the Dirac function, Pr is the
Prandtl number,h andr f are, respectively, the fluid viscosity
and the fluid density andg is the adiabatic constant. The
relevant physical parameters of the model are the tortuosity
of the medium a` initially introduced by Zwikker and
Kosten,14 the viscous and thermal characteristic lengthsL
and L8 introduced by Johnsonet al.13 and Allard.1 In this
model the time convolution oft21/2 with a function is inter-
preted as a semi derivative operator following the definition

of the fractional derivative of ordern given in Samko and
colleagues15

Dn@x~ t !#5
1

G~2n!
E

0

t

~ t2u!2n21x~u!du, ~3!

whereG(x) is the gamma function.
In this framework, the basic equations of our model can

be written as

r f ã~ t !*
]v i

]t
52¹ip and

b̃~ t !

Ka
*

]p

]t
52¹•v, ~4!

where * denotes the time convolution operation,p is the
acoustic pressure,v is the particle velocity, andKa is the
bulk modulus of the air. The first equation is the Euler equa-
tion, the second one is a constitutive equation obtained from
the equation of mass conservation associated with the behav-
ior ~or adiabatic! equation.

For a wave propagating along thex-axis, these equations
become:

r fa`

]v
]t

12
r fa`

L S h

pr f
D 1/2E

0

t ]v/]t8

At2t8
dt852

]p

]x
, ~5!

1

Ka

]p

]t
12

g21

KaL8 S h

p Prr f
D 1/2E

0

t ]p/]t8

At2t8
dt852

]v
]x

,

~6!

in these equations the convolutions express the dispersive
nature of the porous material. They take into account the
memory effects due the fact that the response of the medium
to the wave excitation is not instantaneous but needs more
time to become effective. The retarding force is no longer
proportional to the time derivative of the acoustic velocity
but is found to be proportional to the fractional derivative of
order 1/2 of this quantity. This occurs because the volume of
fluid participating to the motion is not the same during the
whole length of the signal as it is in the case of a fully
developed steady flow. The phenomena may be understood
by considering such a volume of fluid in a pore to be in
harmonic motion. At high frequencies, only a thin layer of
fluid is excited: the average shear stress is high. At a lower
frequency, the same amplitude of fluid motion allows a
thicker layer of fluid to participate in the motion and conse-
quently the shear stress is less. The penetration distance of
the viscous forces and therefore the excitation of the fluid
depends on frequency. In the time domain, such a depen-
dence is associated with a fractional derivative.

III. DIRECT PROBLEM

The direct scattering problem is that of determining the
scattered field as well as the internal field, that arises when a
known incident field impinges on the porous material with
known physical properties. To compute the solution of the
direct problem one need to know the Green’s function6 of the
modified wave equation in the porous medium. In that case,
the internal field is given by the time convolution of the
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Green’s function with the incident wave and the reflected and
transmitted fields are deduced from the internal field and the
boundary conditions.

The generalized lossy wave equation in the time domain
is derived from the basic equations~4! by elementary calcu-
lation in the following form:

]2p

]x22A
]2p

]t2 2BE
0

t ]2p/]t82

At2t8
dt82C

]p

]t
50, ~7!

where the coefficientsA, B andC are constants, respectively,
given by;

A5
r fa`

Ka
, B5

2a`

Ka
Ar fh

p S 1

L
1

g21

APrL8
D ,

~8!

C5
4a`~g21!h

KaLL8APr
,

the first one is related to the velocityc51/Ar fa` /Ka of the
wave in the air included in the porous material.a` appears
as the refractive index of the medium which changes the
wave velocity from c05AKa /r f in free space toc
5c0 /Aa` in the porous medium. The other coefficients are
essentially dependent of the characteristic lengthsL andL8
and express the viscous and thermal interactions between the
fluid and the structure. The constantB governs the spreading
of the signal whileC is responsible of the attenuation of the
wave. Obviously, a knowledge of these three coefficients al-
lows the determination of the parametersa` , L and L8.
One way to solve Eq.~7! with suitable initial and boundary
conditions is by using the Laplace transform. The approach
is quite simple although the inverse Laplace transform re-
quire tedious calculus.16 A suitable setting for the introduc-
tion of the time domain solution of the modified wave propa-
gation equation~7! is provided by the following model.

A. General solution of the propagation equation

In this section some notation is introduced. The geom-
etry of the problem is shown in Fig. 1. An homogeneous
porous material occupies the region 0<x<L. This medium
is assumed to be isotropic and to have a rigid frame. A short
sound pulse impinges normally on the medium from the left.
It gives rise to an acoustic pressure fieldp(x,t) and an
acoustic velocity fieldv(x,t) within the material, which sat-
isfying the propagation equation~7! written also as:

]2p~x,t !

]x2 2S 1

c2 d~ t !1CH~ t !1
b

At
D *

]2p~x,t !

]t2 50, ~9!

whereH(t) is the Heaviside function:17 H(t)50 for t,0,
H(0)51/2 andH(t)51, for t.0.

It is assumed that the pressure field is continuous at the
boundary of the material

p~01,t !5p~02,t !, p~L2,t !5p~L1,t !, ~10!

~where6 superscript denotes the limit from the left and the
right, respectively! and to the initial conditions

p~x,t !u t5050
]p

]t U
t50

50, ~11!

which means that the medium is idle fort50.
If the incident sound wave is launched in the regionx

<0, then the general solution of Eq.~9! in the region to the
left of the material is the sum of the incident and reflected
fields

p1~x,t !5pi S t2
x

c0
D1pr S t1

x

c0
D , x,0, ~12!

here,p1(x,t) is the field in the regionx,0, pi andpr denote
the incident and the reflected field, respectively. In addition,
a transmitted field is produced in the region at the right of the
material. This has the form

p3~x,t !5ptS t2
L

c
2

~x2L !

c0
D , x.L. ~13!

@p3(x,t) is the field in the regionx.L and pt is the trans-
mitted field.#
The incident and scattered fields are related by the scattering
operators~i.e., reflection and transmission operators! for the
material. These are integral operators represented by

pr~x,t !5E
0

t

R̃~t!pi S t2t1
x

c0
Ddt

5R̃~ t !* pi~ t !* dS t1
x

c0
D , ~14!

pt~x,t !5E
0

t

T̃~t!pi S t2t2
L

c
2

~x2L !

c0
Ddt

5T̃~ t !* pi~ t !* dS t2
L

c
2

~x2L !

c0
D . ~15!

In Eqs.~14! and~15! the functionsR̃ andT̃ are the reflection
and the transmission kernels, respectively, for incidence from
the left. Note that the lower limit of integration in Eqs.~14!,
~15! is chosen to be 0, which is equivalent to assuming that
the incident wave front first impinges on the material att
50.

The scattering operators given in Eqs.~14! and~15! are
independent of the incident field used in scattering experi-
ment and depend only on the properties of the materials. In
the regionx<0, the fieldp1(x,t) is given by:

p1~x,t !5FdS t2
x

c0
D1R̃~ t !* dS t1

x

c0
D G* pi~ t !. ~16!

Equation ~9! are solved by the Laplace transform
method by taking into account to the conditions~10! and
~11!. We noteP(x,z) the Laplace transform ofp(x,t) de-
fined by

FIG. 1. Geometry of the problem.
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P~x,z!5L@p~x,t !#5E
0

`

exp~2zt!p~x,t !dt. ~17!

Using the following relations

L@d~ t !#51, L@H~ t !#5
1

z
, and LF 1

At
G5Ap

z
, ~18!

the Laplace transform of the wave equation~9! satisfying the
initials conditions~11! becomes:

]2P2~x,z!

]x2 2
f ~z!

c2 P2~x,z!50, ~19!

whereP2(x,z) is the Laplace transform of the acoustic pres-
sure p2(x,t) inside the porous material for 0<x<L and
f (z)5z21b8zAz1c8z, b85B•c2Ap, c85C•c2.

The Laplace transform of the field outside the materials
is given by

P1~x,z!5FexpS 2z
x

c0
D1R~z!expS z

x

c0
D Gw~z!, x<0,

~20!

P3~x,z!5T~z!expF2S L

c
1

~x2L !

c0
D zGw~z!, x>L.

~21!

Here P1(x,z) and P3(x,z) are, respectively, the Laplace
transform of the field at the left and the right of the material,
w(z) denotes the Laplace transform of the incident field
pi(t) and finallyR(z) andT(z) are the Laplace transform of
the reflection and transmission kernels respectively. The
Laplace transform of the continuous conditions~10! are writ-
ten as

P2~01,z!5P1~02,z! and P2~L2,z!5P3~L1,z!,
~22!

whereP1(02,z) andP3(L1,z) are the Laplace transform of
p1(x,t) andp3(x,t), respectively, given by

P1~02,z!5~11R~z!!w~z!, ~23!

P3~L2,z!5T~z!expS 2
L

c D zw~z! ~24!

from Eqs. ~19! and ~22!, we deduce the expression of the
field inside the materialP2(x,z)

P2~x,z!5P1~02,z!

sinhS L2x

c
Af ~z! D

sinhS L

c
Af ~z! D

1P3~L1,z!

sinhS x

c
Af ~z! D

sinhS L

c
Af ~z! D , ~25!

where sinh is the hyperbolic sine function.
The inverse Laplace transform of exp(2kAf (z)), where

k is a positive constant, gives the Green function of the
medium:6

F~ t,k!5H 0 if 0<t<k

J~ t !1DE
0

t2k

h~ t,j!dj if t>k
, ~26!

with

J~ t !5
b8

4Ap

k

~ t2k!3/2expS 2
b82k2

16~ t2k! D , ~27!

whereh(t,j) has the following form:

h~j,t!52
1

4p3/2

1

A~t2j!22k2

1

j3/2

3E
21

1

expS 2
x~m,t,j!

2 D
3~x~m,t,j!21!

m dm

A12m2
, ~28!

and wherex(m,t,j)5(DmA(t2j)22k21b8(t2j))2/8j,
b85Bc0

2Ap, c85Cc0
2, and D5b8224c8. The inverse

Laplace transform ofP2(x,z) gives the complete solution of
the wave equation in time domain in the porous material
taking into account the multiple reflections at the interfaces
x50 andx5L. ~Appendix A!.

p2~x,t !5 (
n>0

FFS t,2n
L

c
1

x

cD2FS t,~2n12!
L

c
2

x

cD G
* p1~0,t !1 (

n>0
FFS t,~2n11!

L

c
2

x

cD
2FS t,~2n11!

L

c
1

x

cD G* p3~L,t !, ~29!

which can be written as:
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p2~x,t !5 (
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E
2nL/c1x/c
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FS t,2n
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n>0

E
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FS t,~2n12!
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cD p1~0,t2t!dt
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E
~2n11!L/c2x/c

t

FS t,~2n11!
L

c
2

x

cD p3~L,t2t!dt

2 (
n>0

E
~2n11!L/c1x/c

t

FS t,~2n11!
L

c
1

x

cD p3~L,t2t!dt. ~30!

IV. REFLECTION AND TRANSMISSION SCATTERING
OPERATORS

To derive the reflection and transmission coefficients the
boundary conditions flow velocity at the interfacesx50 and
x5L̇ are needed. The Euler equation is written in the regions
~1! (x<0) and~2! (0<x<L) as:

r f

]v1~x,t !

]t U
x50

52
]p1~x,t !

]x U
x50

, x<0, ~31!

r f ã~ t !*
]v2~x,t !

]t U
x50

52
]p2~x,t !

]x U
x50

, 0<x<L,

~32!

wherev1(x,t) andv2(x,t) are the acoustic velocity field in
the regions~1! and~2!, respectively. In the free space@region
~1!#, the tortuosity operator is equal to 1.

The equation of the flow continuity atx50 is written as:

v1~x,t !5fv2~x,t !, ~33!

wheref is the porosity of the medium. From Eqs.~31!, ~32!,
and ~33! it is easy to write:

ã~ t !*
]p1~x,t !

]x U
x50

5f
]p2~x,t !

]x U
x50

, ~34!

with

]p1~x,t !

]x U
x50

5
1

c0
~2d~ t !1R̃~ t !!*

]pi~ t !

]t
. ~35!

The Laplace transform of Eq.~34! gives a relation be-
tween the reflection and transmission coefficient

~R~z!21!sinhS L

c
Af ~z! D5

fc0

c

Af ~z!

za~z! FT~z!expS 2Lz

c D
2~11R~z!!coshS L

c
Af ~z! D G ,

~36!

wherea(z) is the Laplace transform ofã(t).
At the interfacex5L, the Euler equation is written in

the two regions~2! and ~3! (x>L) as:

r f ã~ t !*
]v2~x,t !

]t U
x5L2

52
]p2~x,t !

]x U
x5L2

,

~37!

r f

]v3~x,t !

]t U
x5L1

52
]p3~x,t !

]x U
x5L1

.

At x5L, the continuity of the flow velocity leads to the
relation

v3~L1,t !5fv2~L2,t !. ~38!

From Eqs.~37!–~38!, we have:

ã~ t !*
]p3~x,t !

]x U
x5L1

5f
]p2~x,t !

]x U
x5L2

, ~39!

with

]p3~x,t !

]x U
x5L1

52
1

c0
T̃~ t !*

]pi

]t U
t5L/c

, ~40!

the Laplace transform of Eq.~39! gives:

T~z!expS 2
L

c
zD sinhS L

c
Af ~z! D

5
fc0

c

Af ~z!

za~z! F2T~z!expS 2
L

c
zD

3coshS L

c
Af ~z! D111R~z!G . ~41!

The functionsR(z) andT(z) following from Eqs.~36! and
~41! are the reflection coefficient@R(z)# and the transmis-
sion coefficient (T(z)) given by:

R~z!5

S 2
f2

a`
11D sinhS L

c
Af ~z! D

2
f

Aa`

coshS L

c
Af ~z! D1S f2

a`
11D sinhS L

c
Af ~z! D ,

~42!

T~z!5

2
f

Aa`

expS L

c D z

2
f

Aa`

coshS L

c
Af ~z! D1S f2

a`
11D sinhS L

c
Af ~z! D .

~43!

The development of these expressions in exponential series
~Appendix B! and the inverse Laplace transform lead to the
reflection and transmission scattering kernels
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R̃~ t !5S 2f1Aa`

f1Aa`
D (

n>0
S f2Aa`

f1Aa`
D 2n

3FFS t,2n
L

c D2FS t,~2n12!
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c D G , ~44!

T̃~ t !5
4fAa`

~Aa`1f!2 (
n>0

S f2Aa`

f1Aa`
D 2n

3FS t1
L

c0
,~2n11!

L

c D . ~45!

These expressions takes into account then-multiple reflec-
tions in the material. In most cases, in porous materials satu-
rated by air, the multiply reflection effects are negligible be
cause of the high attenuation of sound waves in these media.
So, by taking into account only the first reflections at the
interfacesx50 andx5L, the pressurep2(x,t) in the mate-
rial becomes

p2~x,t !5FFS t,
x

cD2FS t,
2L

c
2

x

cD G* p1~0,t !

1FFS t,
L

c
2

x

cD2FS t,
L

c
1

x

cD G* p3~L,t !,

~46!

FIG. 2. Simulated contributions of the interfacex50
~solid line! and of the bulk material~dashed line! to the
reflected wave.

FIG. 3. Reflected wave at the interfacex50 ~solid line!
and the total reflected wave~dashed line!.
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and can also be written as
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2E
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L/c1x/c

t

FS t,
L

c
1

x
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So, the kernels of reflection and transmission operators are
given by

R̃~ t !5
Aa`2f

Aa`1f
d~ t !2

4fAa`~Aa`2f!

~Aa`1f!3
FS t,

2L

c D ,

~48!

T̃~ t !5
4fAa`

~f1Aa`!2
FS t1

L

c
,
L

c D . ~49!

In Eq. ~48! the first term is equivalent to the reflection at the
interfacex50. The part of the wave corresponding to this
term is not subjected to the dispersion but it is just multiplied
by the factor (Aa`2f)/(Aa`1f). This shows that al-
though the tortuosity is a bulk parameter, it may be evaluated
from the wave reflected at the first interface when the poros-
ity is known. The second term: 2@4fAa`(Aa`

2f)/(Aa`1f)3#F(t,2L/c) in Eq. ~48! is the bulk contri-
bution to the reflection. Figure 2 shows each contribution to
the reflected wave simulated from the expression~48! for a
plastic foam M1. The solid line curve corresponds to the
reflection at the first interfacex50 and the dashed line curve
corresponds to the reflected wave~bulk contribution! at the
second interfacex5L. The parameters used in the simula-
tion namely thickness: 5 cm,f50.98, a`51.04, L
5200mm, andL85600mm have been determined by clas-
sical methods.18–20 As we can see, the bulk contribution to
the reflected wave is negligible when it is compared to the
first interface contribution. In Fig. 3 we show by numerical
simulation the difference between the reflected wave at the
first interface@due to the term: (Aa`2f)/(Aa`1f) in Eq.
~48!# and the total reflected wave@all terms in Eq.~48!#. The
difference between the two curves is weak and the reflected
wave by the porous material may be approximated by the
reflected wave by the first interface with a good accuracy.

FIG. 4. Experimental setup of the ultrasonic measure-
ments in transmitted mode.

FIG. 5. Experimental setup of the ultrasonic measure-
ments in reflected mode.

67J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Fellah et al.: Pulse propagation in porous media



V. ULTRASONIC MEASUREMENTS

As an application of this model, some numerical simu-
lations are compared to experimental results. Experiments
are done in air with two broadband Panametrics V389 piezo-
electric transducers having a 250 kHz central frequency in
air and a bandwith at 6 dB extending from 60 kHz to 420
kHz. Pulses of 900 V are provided by a 5058 PR Panametrics
pulser/receiver. The received signals are amplified up to 90
dB and filtered above 1 MHz to avoid high frequency noise
~energy is totally filtered by the sample in this upper fre-
quency domain!. Electronics perturbations are removed by
1000 acquisition averages. The experimental setup is shown
in Fig. 4.

Reflected waves are processed by an other experimental
set up given in Fig. 5. One transducer is used alternatively as
a transmitter and receiver in order to detect the reflected
wave.

Measurements have been performed on plastic foam
M1. Figure 6 shows the incident signal generated by the
transducer. Numerical simulation and experimental results
~transmitted signal! are presented in Fig. 7. The numerical
results are obtained from the convolution of the transmission
operator with the signal generated by the transducer shown
in Fig. 6. A good agreement between experimental data and
theory is observed, which allows the validation of our model
and the expression of the kernel of the transmission operator.

VI. INVERSE PROBLEM

A slab of porous material is characterized by four pa-
rameters, namely, the porosityf, the tortuositya` , the vis-
cous characteristic lengthL, and the thermal characteristic
lengthL8, the values of which are crucial for the behavior of
the sound waves in such materials. So, it is of some impor-
tance to work out new experimental methods and efficient

FIG. 6. Incident signal given out by the transducer.

FIG. 7. Direct problem: experimental~solid line! and
simulated transmitted signals~dashed line!.
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tools for their estimation. Therefore, a basic inverse problem
associated with the slab may be stated as follows: from the
measurements of the transmitted and/or reflected signals out-
side the slab, find the values of the parameters of the me-
dium. As shown in Sec. III, the solution of the direct problem
is the system of two operators expressed as functions onf,
a` , L andL8. The inversion algorithm for finding the val-
ues of the parameters of the slab is based on a fitting proce-
dure: find the values of the parametersf, a` , L and L8
such that the transmitted and reflected signal describes the
scattering problem in the best possible way~e.g., in the least-
squares sense!. The inverse problem is to find values of pa-
rametersf, a` , L andL8 which minimize the functions

U1~f,a` ,L,L8!5E
0

t

~r ~ t !2pr~x,t !!2 dt,

U2~f,a` ,L,L8!5E
0

t

~s~ t !2pt~x,t !!2 dt,

wherer (t) is the experimentally determined reflected signal,
pr(x,t) is reflected wave predicted from Eq.~14!, s(t) is the
experimentally determined transmitted signal andpt(x,t) is
the transmitted wave predicted from Eq.~15!. However, be-
cause of the nonlinearity of the equations, the analytical so-
lution of the inverse problem by the conventional least-
squares methods is tedious. In our case, one can seek the
numerical solution of the least-square method which mini-
mize theU1,2(f,a` ,L,L8) defined by

U1~f,a` ,L,L8!5 (
i 51

i 5N

~r i2pr~x,t i !!2,

U2~f,a` ,L,L8!5 (
i 51

i 5N

~si2pr~x,t i !!2,

where r i5r (t i) i 51,2,...,N @resp. si5s(t i) i 51,2,...,N] represents
the discrete set of values of the reflected~resp. transmitted!
experimental signal and pr(x,t i) i 51,2,...,N ~resp.
pt(x,t i) i 51,2,...,N) is the discrete set of values of the simulated

reflected~resp. transmitted! signal. Figure 8 shows a com-
parison between experimental transmitted signal and simu-
lated signal obtained by optimization from the inverse prob-
lem. The optimized parameters area`51.05, L5208mm,
and L85624mm. The comparison between Figs. 7 and 8
shows that the values of the acoustic parameters obtained by
solving the inverse problem in the time-domain method leads
to better results than those given by classical methods.18–22

Now, we will try to estimate the porosity via the mea-
surement of reflected waves knowing the value of the tortu-

FIG. 8. Inverse problem: experimental~solid line! and
simulated transmitted signals~dashed line!.

FIG. 9. Incident signal in reflected mode.
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osity ~optimized by solving the inverse problem for the trans-
mitted wave! and using the fact that the measured reflected
wave is essentially due to the reflected wave at the first in-
terface. The experimental setup using is shown in Fig. 5.

Figure 9 shows the incident signal generated by the
transducer and Fig. 10 shows the comparison between ex-
perimental reflected signal by the foam M1 and simulated
signal obtained by optimization of the inverse problem, the
optimized value of the porosity isf50.97.

In the future, one hopes to use this new method to mea-
sure the tortuosity and the porosity of plastic foams which
are at the moment measured by a classical static
methods.20–22

VII. CONCLUSION

In this paper the propagation equation in time domain in
a slab of porous material having a rigid frame is considered
in the high frequency range. A time domain model of wave
propagation in such material is worked out from the concept
of fractional calculus. The analytical general solution of the
wave propagation in the time domain is established for a slab
of porous medium. The kernels of the reflection and trans-
mission scattering operators are derived giving simple rela-
tions between these operators and the parameters of the me-
dium. Is is shown that the reflection scattering operator is
equal to the sum of two contributions: the first interface and
the bulk of the porous medium.

An experimental validation of the theoretical expres-
sions of the scattering operators illustrates the good agree-

ment between numerical and experimental results and shows
that this time domain model is well suited for the character-
ization of porous media via acoustic wave propagation. To
progress in this area, coming works will must improve ex-
perimental methods and inversion algorithms.

APPENDIX A: EXPRESSION OF THE ACOUSTIC
FIELD INSIDE THE POROUS MATERIAL

The expression of the acoustic field inside the porous
material taking into account the multiple reflection at the
interfacesx50 andx5L is given from the Eq.~25!

P2~x,z!5P1~02,z!
sinh~aAf ~z!!

sinh~bAf ~z!!
,

1P3~L1,z!
sinh~uAf ~z!!

sinh~bAf ~z!!
,

with a5L2x/c, b5L/c and u5x/c by the following de-
velopment in series:

sinh~aAf ~z!!

sinh~bAf ~z!!
5

exp~aAf ~z!!2exp~2aAf ~z!!

exp~bAf ~z!!2exp~2bAf ~z!!

5
exp~aAf ~z!!2exp~2aAf ~z!!

exp~bAf ~z!!@12exp~22bAf ~z!!#

5
exp~aAf ~z!!2exp~2aAf ~z!!

exp~bAf ~z!!

3 (
n>0

exp~22nbAf ~z!!

5@exp~aAf ~z!!2exp~2aAf ~z!!#

3(
n>

exp~2~2n11!bAf ~z!!

5 (
n>0

@exp~2@~2n11!b2a#Af ~z!!

2exp~2@~2n11!b1a#Af ~z!!#,

and the inverse Laplace transform ofP2(x,z):

p2~x,t !5L21P2~x,z!

5p1~0,t !* L21Fsinh~aAf ~z!!

sinh~bAf ~z!!
G

1p3~L,t !* L21F sinh~uAf ~z!!

sinh~bAf ~z!!
G ,

where

L21Fsinh~aAf ~z!!

sinh~bAf ~z!!
G5 (

n>0
@F~ t,~2n11!b2a!

2F~ t,~2n11!b1a!#

and

FIG. 10. Experimental reflected signal~solid line! and simulated reflected
signal ~dashed line!.
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F~ t,k!5L21@exp~2kAf ~z!!#

is given by Eq.~26!. The field p2(x,t) inside the porous
medium is then given by:

p2~x,t !5p1~0,t !* (
n>0

@F~ t,~2n11!b2a!2F~ t,~2n11!b

1a!#1p3~L,t !* (
n>0

@F~ t,~2n11!b2u!

2F~ t,~2n11!b1u!#.

By substitutinga, b and u by their values, we find the ex-
pression~29!.

APPENDIX B: EXPRESSION OF THE REFLECTION
AND TRANSMISSION OPERATORS

To write the time domain expressions of the reflection
and transmission kernels we consider their Laplace trans-
forms. In the domain of validity of this model,4 (c/fc0)
3@za(z)/Af (z)#'(Aa`/f). Putting a5(Aa`/f), from
Eq. ~36! and Eq.~41!, we get the system:

a~211R~z!!sinhS L

c
Af ~z! D

5T~z!expS 2
L

c
zD2~11R~z!!coshS L

c
Af ~z! D ,

aT~z!expS 2
L

c
zD sinhS L

c
Af ~z! D

52T~z!expS 2
L

c
zD1R~z!11,

the solution of which is given by:

R~z!5

~a221!sinhS L

c
Af ~z! D

2a coshS L

c
Af ~z! D1~a211!sinhS L

c
Af ~z! D ,

T~z!5

2a expS L

c
zD

2a coshS L

c
Af ~z! D1~211!sinhS L

c
Af ~z! D ,

which corresponds to the expressions given in Eq.~42! and
Eq. ~43!. The reflection coefficientR(z) can be written as

R~z!5

~a221!FexpS L

c
Af ~z! D2expS 2

L

c
Af ~z! D G

2aFexpS L

c
Af ~z! D1expS 2

L

c
Af ~z! D G1~a211!FexpS L

c
Af ~z! D2expS 2

L

c
Af ~z! D G

and is equivalent to

R~z!5F a221

~a11!2G 12expS 22
L

c
Af ~z! D

12S a21

a11D 2

expS 22
L

c
Af ~z! D .

From the identity

1

12S a21

a11D 2

expS 22
L

c
Af ~z! D

5 (
n>0

S a21

a11D 2n

expS 22n
L

c
Af ~z! D

R(z) has the following form:

R~z!5S a21

a11D (
n>0

S a21

a11D 2nFexpS 22n
L

c
Af ~z! D

2expS 22~n11!
L

c
Af ~z! D G . ~50!

The kernel of the reflection scattering operatorR̃(t) is given
by the inverse Laplace transform of this equation

R̃~ t !5S a21

a11D (
n>0

S a21

a11D 2nFFS t,2n
L

c D
2FS t,2~n11!

L

c D G , ~51!

whereF(t,k) is given by Eq.~26!. In the same manner, the
transmission coefficient is given by:
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T~z!5

4a expS L

c
zD

2aFexpS L

c
Af ~z! D1expS 2

L

c
Af ~z! D G1~a211!FexpS L

c
Af ~z! D2expS 2

L

c
Af ~z! D G ,

which can be written as:

T~z!5

4a expS L

c
zDexpS 2

L

c
Af zD

~a11!22~a21!2 exp2S 2
L

c
Af ~z! D .

Expanding this relation in series, one gets

T~z!5
4a

~a11!2 expS L

c
zD (

n>0
S a21

a11D 2n

3expS 2~2n11!
L

c
Af ~z! D ,

which by inverse Laplace transform leads to the kernel of the
transmission scattering operator:

T̃~ t !5
4a

~a11!2 (
n>0

S a21

a11D 2n

FS t1
L

c
,~2n11!

L

c D .

~52!

The reflection operator is obtained withn50 andx5L in
Eq. ~51!:

R̃~ t !5S a21

a11D Fd~ t !2
4a

~a11!2 FS t,2
L

c D G .
The transmission operator is obtained withn50 andx5L in
Eq. ~52!:

T̃~ t !5
4a

~a11!2 FS t1
L

c
,
L

c D .
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The reflection of bounded inhomogeneous waves
on a liquidÕsolid interface
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Fourier analysis and normal mode theory are used to describe the reflection of bounded
inhomogeneous waves on a liquid/solid interface. Nonspecular reflection phenomena in the
Rayleigh angle are studied in detail. In this way, an explanation is given for the Rayleigh dip
phenomenon for positive inhomogeneity factors and the related result of a reflection coefficient
larger than unity when the sign of the inhomogeneity factor is reversed. In the limit of large
beamwidths, the reflection coefficient predicted by the infinite plane inhomogeneous wave theory is
obtained. These results are entirely consistent with the experimental work published by Deschamps
@J. Acoust. Soc. Am.96, 2841–2848~1994!#. The energy efficiency of Rayleigh wave excitation is
investigated as well. It is shown that for large beamwidths, the energy efficiency for bounded
inhomogeneous waves is considerably higher in comparison with Gaussian and square-profiled
beams. ©2003 Acoustical Society of America.@DOI: 10.1121/1.1523081#

PACS numbers: 43.20.El, 43.40.Fz, 43.20.Ks@DEC#

I. INTRODUCTION

Recent advances in linear acoustics have shown that the
most general solutions of the wave equations in an homoge-
neous, isotropic and linearly viscoelastic medium are given
by complex harmonic waves. Good reviews of this subject
can be found in the works of Poire´e,1 Deschamps2 and Van
Den Abeele and Leroy.3 However, the notion of these kind of
wave phenomena first appeared in electromagnetism.4 Com-
plex harmonic waves are characterized by a complex wave
vector, where the real and imaginary parts in general do not
have the same orientation, corresponding to an exponential
damping of the wave amplitude both in the direction of
propagation and orthogonal to it. Recently, the effect of in-
troducing a complex frequency was studied by Poncelet5 and
allows the investigation of transient phenomena. When the
media are assumed lossless, only complex harmonic waves
with exponential damping orthogonal to the direction of
propagation can exist, and these particular waves are then
called inhomogeneous waves, but the term evanescent waves
is also used by some authors.6–8 The study of complex har-
monic waves is important because they are immediately gen-
erated when wave interaction with absorbing media is
studied9 and the structure of interface waves, such as Ray-
leigh waves and Stoneley waves, which are important for
ultrasonic ndt-applications, cannot be described by means of
plane homogeneous waves.10,11 When considering bounded
acoustic beams in ideal media, Claeys and Leroy12 were the
first to use bulk inhomogeneous plane waves as a fundamen-
tal tool in the modeling of the scattering of Gaussian ultra-
sonic beams on liquid/solid interfaces and on plates. This
work was reviewed in detail by Leroy.13 Van Den Abeele and
Leroy3 subsequently showed the large sensitivity of the

reflection/transmission coefficients of inhomogeneous plane
waves on the physical properties of the media on which scat-
tering takes place. By means of the transmission of a plane
homogeneous wave through an absorbing PVC-prism,14

Deschamps15 was able to generate bulk inhomogeneous
waves in water and measured the reflection coefficient on
alumium plates, but some results, notably the appearance of
a reflection coefficient larger than one, could not be ex-
plained satisfactorily by theory. Moreover, all previous theo-
retical studies were based on infinite plane wave theory, but
from the point of view of a comparison between theory and
experiment, it should be recognized that inhomogeneous
waves can only be approximated by bounded acoustic
beams. Therefore, our purpose in this paper is to consider
inhomogenous waves as a special kind of bounded acoustic
beams, and to develop a model for the scattering of bounded
inhomogeneous waves on a liquid/solid interface.

In Sec. I, we model bounded inhomogeneous waves as
well as bounded Gaussian beams and square profiled beams.
We then use normal mode theory16–18 and the well known
Fourier method19–21 to derive expressions for the reflected
sound field on a liquid/solid interface. In Sec. II, we use the
results of Sec. I to calculate the reflected profiles on water/
steel and water/aluminum interfaces for various beam param-
eters and investigate the reflection coefficient as a function of
the incidence angle. We compare the results of the Fourier
model and normal mode theory and examine the Rayleigh
dip phenomenon in detail. In Sec. III, we calculate the en-
ergy efficiency of surface wave excitation in the Rayleigh
angle on a liquid/solid interface and compare bounded inho-
mogeneous waves, Gaussian beams and square profiled
beams. Finally, in Sec. IV we end up with some conclusions.

II. THEORY

A. The Fourier model

A scheme of the coordinate system that will be used in
this paper is given in Fig. 1. We consider a two-dimensional

a!Research Assistant for the Flemish Institute for the Encouragement of the
Scientific and Technological Research in Industry~IWT!. Electronic mail:
sigfried.vanaverbeke@kulak.ac.be

b!Research assistant for the National Fund for Scientific Research Flanders
~FWO!.
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bounded ultrasonic beam incident under an angleu i on a
liquid/solid interface. In an intrinsic coordinate system
(x8,z8) with the z8-axis pointing in the direction of propa-
gation, we propose the following expression for the magni-
tude of the acoustic displacement in the planez850:

Ui~x8,0!5NU0exp~bx82~ ux8u/w!p/p!. ~1!

In this expression,w is the half beamwidth,b is the inhomo-
geneity parameter andu•u stands for the absolute value of a
real quantity. We still need a parameter describing the behav-
ior at the edges of the profile. From the known generalization
of the Gaussian function which is used in the context of the
study of inverse problems,22 we decided to introduce an ex-
ponent and a denominatorp. We assume a time dependence
equal to exp(2Ivt) with angular frequencyv52p f andf the
sound frequency in Hz, but we will suppress this factor for
reasons of brevity. The normalization constantN is given by

N5exp~2~xm /L !p/p1ubuxm!, ~2!

with

xm5~ ubuLp!1/(p21). ~3!

By taking different values for the parametersb, L andp,
we can model incident Gaussian beams, square profiles and
spatially bounded inhomogeneous waves. In Fig. 2 we illus-
trate this by takingw520 mm and plotting expression~1!
versus the normalized distancex8/w for 3 choices of the
parametersb and p: b50 m21, p52 ~a Gaussian profile!,
b50 m21, p510 ~a square profile! andb550 m21, p510
~a bounded inhomogeneous wave!. By increasing the value
of p, we can increase the steepness of the edges of the pro-
file. In practice, expression~1! can, for example, be fitted to
a set of experimental data in a plane parallel to the transducer
surface. In the planez850, we can now take the Fourier
transform of Eq.~1!:

V~kx8!5E
2`

1`

Ui~x8,0!exp~2Ikx8x8!dx8. ~4!

The bounded acoustic beam described by Eq.~1! will then
propagate as

Ui~x8,z8!5
1

2pE2`

1`

V~kx8!exp~ I ~kx8x81kz8z8!dkx8 ,

~5!

wherekz85Ak22kx8
2 , with k5v/v the wave number of lon-

gitudinal sound waves in the liquid andv the longitudinal
wave speed. If the width of the ultrasonic beam is large
compared with the sound wavelength and the propagation
path is not too long, we can use the paraxial approximation
and write thez8-component of the wave vector as a Taylor
series to first order inkx8

2 :

kz85k2
kx8

2

2k
. ~6!

When we restrict the Taylor series to the first term, the
effects of propagation diffraction are neglected and the sound
profile described by Eq.~1! will propagate without distor-
tion, because thez8-dependence in the Fourier integral~5!
now becomes independent ofkx8 and leads to a propagation
factor in front of the integral. This approximation was in fact
also used by Bertoni and Tamir19 and Ngoc and Mayer.20

Using expressions~1! and ~4!, we can then write

Ui~x8,z8!5NU0exp~ Ikz8!exp~2~ ux8u/w!p/p1bx8!.
~7!

In the (x8,z8) coordinate system, the interface is described
by

z85L1tan~u i !x8, ~8!

where L is the main propagation distance of the incident
sound beam as shown in Fig. 1. From Eq.~7!, we then obtain
for the acoustic field at the interface,

Ui~x8,z85L1tan~u i !x8!

5NU0exp~ Ik~L1tan~u i !x8!

3exp~2~ ux8u/w!p/p1bx8!. ~9!

FIG. 1. Reflection of a bounded inhomogeneous wave on a liquid/solid
interface

FIG. 2. Incident profiles forw520 mm: a Gaussian beam;b50 m21, p
52 ~solid line!: a square profile;b50 m21, p58 ~dashed line!: a bounded
inhomogeneous wave;b550 m21, p58 ~dotted line!.
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Considering the (x,z) coordinate system with thez-axis
pointing upwards into the liquid, we have the following re-
lation:

x85xcos~u i !. ~10!

Using the foregoing expressions, we can rewrite expression
~9! in the (x,z) coordinate system,

Ui~x,z50!5exp~ IkL !U0exp~ Ikix!

3exp~2~ uxu/w0!p/p1b ix!, ~11!

wherew05w/cos(ui) is the projected beamwidth on the in-
terface,b i5bcos(ui) is the projected inhomogeneity param-
eter and ki5ksin(ui) is the x-component of the central
wavevector. For the case of a Gaussian beam (p52, b i

50 m21), expression~11! describes exactly the same ampli-
tude distribution as adopted by Bertoni and Tamir19 and
Ngoc and Mayer,20 except for the constant propagation factor
exp(IkL), which we will omit further. We now have the fol-
lowing Fourier transform pair for the sound field on the in-
terface:

V~kx!5E
2`

1`

Ui~x,0!exp~2Ikxx!dx, ~12!

and

Ui~x,0!5E
2`

1`

V~kx!exp~ Ikxx!dkx . ~13!

To calculate the reflected sound beam, we multiply every
component in the plane wave spectrum of the incident beam
by the reflection coefficientR(kx) at a liquid/solid interface
and obtain

UR~x,0!5
1

2pE2`

1`

R~kx!V~kx!exp~ Ikxx!dkx . ~14!

The reflection coefficientR(kx) is given by12

R~kx!5
~ks

222kx
2!214kx

2klzksz2rks
4klz /kz

~ks
222kx

2!214kx
2klzksz1rks

4klz /kz

, ~15!

where

klz5Akl
22kx

2, ~16!

ksz5Aks
22kx, ~17!

r5
r1

r2
, ~18!

kl5
v

v l
, ~19!

ks5
v

vs
. ~20!

In these expressions,r1 andr2 are the densities of the liquid
and the solid andvs andv l are the shear wave speed and the
longitudinal wave speed in the solid medium. To compute
the profile of the reflected sound beam on the interface, the
integral ~14! must be calculated numerically.

B. Normal mode theory

An alternative method to describe the interaction of
bounded ultrasonic beams with a liquid/solid interface was
formulated by Jia16,17 and subsequently extended by Wind-
els, Vanaverbeke and Leroy18 to derive analytical expres-
sions for the reflection of a Gaussian ultrasonic beam on a
liquid/coating/solid structure. This model describes the re-
flection of bounded ultrasonic beams on layered elastic me-
dia by considering the excitation of the normal modes of the
medium by the incident sound field. The amplitudean(x) of
the n-th normal mode excited in the solid medium is given
by the normal mode equation,

dan~x!

dx
2Iknan~x!5 f n~x!/4Pn , ~21!

where kn is the wave number of then-th propagating mode,
Pn is the associated average power flow per unit length or-
thogonal to the plane of incidence, andf n(x) is the loading
applied on the interface between the liquid and the solid
medium. The derivation of this equation is based on the or-
thogonality relations satisfied by the normal modes of a
waveguide and can be found in the book of Auld.23 If the
liquid is nonviscous, the loading can be expressed as

f n~x!5Ivunz* ~0!Tzz~x,0!, ~22!

where unz* (0) is the complex conjugate of the normal dis-
placement component of then-th normal mode of the me-
dium at the interface andTzz is the normal stress. It should
be emphasized that the normal modes considered here are
found by solving the dispersion equation of a stress-free me-
dium. If liquid loading is present, these modes will become
leaky waves. However, if the density of the liquid is small
compared to the density of the solid, we can approximate the
displacement fields of the leaky modes as those of the corre-
sponding normal modes. This approach, which is based on
perturbation theory, is valid for most ultrasonic immersion
techniques. If the incident and reflected sound fields are de-
noted byUi andUR as before, the boundary conditions to be
fullfilled at z50 are

2Ui~x,0!cos~u i !1UR~x,0!cos~u i !5unz* ~0!an~x!,
~23!

IvZcos~u i !Ui~x,0!1IvZUR~x,0!cos~u i !5Tzz~x,0!,
~24!

where Z is the acoustic impedance of the liquid. After elimi-
nating UR in Eqs. ~23! and ~24! and using~22!, the mode
amplitude equation~21! becomes16

dan~x!

dx
1~2Ikn1an!an~x!52bnUi~x,0!, ~25!

wherean corresponds to the attenuation per unit length due
to reradiation at the interface andbn is given by

bn5
v2Zcos~u i !unz* ~0!

2Pn
. ~26!

The leaking ratean can be expressed as
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an5
v2Zuunz~0!u2

4Pn
, ~27!

and depends on the normal component of the displacement
field of the n-th normal mode at the li-quid/solid interface.
After integrating the mode amplitude equation~21!, we again
use the boundary conditions~23! and ~24! and the form of
the incident sound field~11! to derive the following expres-
sion for the reflected sound beam:

UR~x,0!5Ui~x,0!22anU0exp~ Iknx2anx!F~x!, ~28!

with

F~x!5E
2`

x

dx8exp~2~ ux8u/w0!p/p1b ix8

1~ki2kn!x81anx8!. ~29!

The physical interpretation of expressions~28! and~29!
is that the modal amplitude is cumulatively excited due to
the overlap of the incident sound beam with the exponen-
tially decaying modal field in the region of insonification, but
there is a phase mismatchki2kn that prevents this energy
transfer. Expressions~28! and ~29! lead to analytical results
for a Gaussian beam,16 but for bounded inhomogeneous

waves one has to calculate them numerically. It is important
to remark that the normal mode theory described above is
only a good approximation when we consider Rayleigh angle
phenomena.

III. SIMULATIONS

We now use the theory developed in the preceding sec-
tion to investigate the reflection of bounded inhomogeneous
waves on a liquid–solid interface. In the subsequent simula-
tions, we will consider water/aluminum and water/steel inter-
faces. The density and the longitudinal wave speed for water
are taken to ber151000 kg/m3 andv51480 m/s. The ma-
terial parameters for aluminum and stainless steel can be
found in Table I. In Fig. 3, we consider the reflection of
bounded inhomogeneous waves in the Rayleigh angle on a
water/steel interface at a frequency of 4 MHz. The corre-
sponding incidence angle is equal to 30.968°. The reflected
beam profiles are plotted on the interface forb550 m21 and
250 m21 andw510 and 30 mm, respectively, together with
the incident sound fields. The bounds of the incident expo-
nential profile were modeled usingp58 in expression~11!.
The results were calculated using both Fourier analysis and
normal mode theory and are shown to be in perfect agree-
ment.

Several important conclusions can be drawn from these
figures. The reflected beam profiles consist of a specular
lobe, which is in general small, and a large nonspecular lobe
with an exponentially decaying trailing field along the inter-
face. Due to the phase reversal between these two compo-
nents of the reflected sound field, a null zone is created. This
is a consequence of the redistribution of energy due to the
excitation of a leaky Rayleigh wave and was described theo-

TABLE I. The values of the material parameters used in the numerical
calculations.

Material
Density
(kg/m3)

Shear velocity
~m/s!

Longitudinal velocity
~m/s!

Water 1000 - 1480
Steel 7900 3100 5790
Brass 8600 2260 4660

FIG. 3. Reflected beam profiles in
the Rayleigh angle on a water/steel
interface with f 54 MHz and p58:
~a! w510 mm, b550 m21; ~b!
w510 mm,b5250 m21; ~c! w530
mm, b550 m21; ~d! w530 mm, b
5250 m21. The reflected profiles
were calculated using Fourier analysis
~full lines! and normal mode theory
~dotted lines! and are shown together
with the incident profiles ~dashed
lines!.
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retically by Bertoni and Tamir19 for the case of Gaussian
beams. However, these authors never extended their theory
to bounded ultrasonic beams with a general profile. For small
beamwidths, the reflected profiles are in general quite dis-
torted, but when the beamwidth increases, the specular lobe
starts to disappear and the reflected profiles consist almost
entirely of the nonspecular lobe, as shown in Figs. 3~c! and
3~d!. Figure 4 shows the influence of the edges of the inci-
dent profile on the reflected sound beam in the Rayleigh
angle of a water/steel interface withf 54 MHz andb560
and260 m21 @Figs. 4~a! and ~b! and in the Rayleigh angle
of a water/aluminum interface withf 53 MHz and b545
and245 m21 @Figs. 4~c! and~d!#. The Rayleigh angle of the
water/aluminum interface is approximately 30.2°. In all fig-
ures, the incident profiles are plotted forp55 and p510
with a half beamwidth of 20 mm. The resulting reflected
sound fields were calculated using Fourier analysis. If the
edges of the incident profile are steep, the reflected beam can
have a maximum amplitude that is larger than that of the
incident sound field if the inhomogeneity factor is positive.
When considering negative inhomogeneity factors, the effect
is mainly to recreate the specular lobe. Due to the conserva-
tion of energy, the maximum in the nonspecular lobe corre-
spondingly diminishes. We may conclude that if the steep-
ness of the edges is not too large, the reflected sound beam

may behave almost as a displaced copy of the incident sound
beam with a phase reversal of 180°. This phenomenon is
analogous to the lateral displacement of Gaussian ultrasonic
beams observed by Schoch.24 The parameters used to calcu-
late the reflected profiles for the water/aluminum interface
correspond almost exactly to the experimental arrangement
of Deschamps,15 who indeed observed a lateral displacement
of the reflected profile in the Rayleigh angle. The physical
mechanism for this lateral displacement is revealed to be a
consequence of the nonspecular reflection. Furthermore, let
us consider the mean direction of propagation of the plane
wave components in the Fourier model, which corresponds
to x850 in Fig. 1. In the reflected sound field, there is an
associated specular direction. We can define a local reflection
coefficient as the ratio between the amplitude of the reflected
and the incident sound field at these points. In this way, a
reflection coefficient smaller than unity is obtained for posi-
tive inhomogeneity factors. This result corresponds to the
Rayleigh dip phenomenon, discussed by Leroy, Poire´e, Seb-
bag and Quentin.25 For the negative inhomogeneity factors,
the lateral displacement of the reflected profile to the right
will correspond to a reflection coefficient larger than unity, as
found by Deschamps.15

In Figs. 5 and 6, we have used the Fourier model to
calculate the modulus of the reflection coefficient defined

FIG. 4. Influence of the parameterp on the reflected beam profiles in the Rayleigh angle of a water/steel interface:~a! f 54 MHz, w520 mm, b
560 m21; ~b! f 54 MHz, w520 mm, b5260 m21; and in the Rayleigh angle of a water/aluminum interface;~c! f 53 MHz, w520 mm, b545 m21; ~d!
f 53 MHz, w520 mm, b5245 m21. The incident and reflected profiles are plotted forp55 ~full lines! andp510 ~dashed lines!.
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above as a function of the angle of incidence on a water/
aluminum interface at a frequency of 3 MHz withb545 and
245 m21 and on a water/steel interface at a frequency of 4
MHz with b550 and250 m21. Results are shown forw
equal to 10 and 20 mm, together with the modulus of the
reflection coefficient for infinite plane inhomogeneous waves
as given by expression~15!, where the componentkx of the
wavevector along the interface can be written as

kx5ksin~u i !2Ibcos~u i !. ~30!

With increasing beamwidth, the region of the incident
sound field aroundx850 is found to behave as if it were an
infinite plane wave and the local reflection coefficient ap-

proaches the reflection coefficient for infinite plane inhomo-
geneous waves. This can be intuitively understood since the
presence of the spatial edges of the exponential profile does
not have a large influence on the central part when the beam-
width is sufficiently large. Forw520 mm, the agreement is
almost exact for the water/aluminum interface, with only a
small difference at the Rayleigh angle for the negative value
of the inhomogeneity factor. For the water/steel interface, the
convergence is slower and a value of approximately 1.8 for
the reflection coefficient is found at the Rayleigh angle for
b5250 m21. It is important to notice that in infinite plane
inhomogeneous wave theory, there is an inherent degree of

FIG. 5. The modulus of the reflection coefficient as a
function of the angle of incidence on a water/aluminum
interface withf 53 MHz andp58: ~a! b545 m21 and
~b! b5245 m21. Results are shown forw510 mm
~h! andw520 mm ~1!, together with the modulus of
the reflection coefficient for infinite plane inhomoge-
neous waves~full line!. The insets show the region
around the Rayleigh angle withw510 mm ~dashed
line! andw520 mm ~dotted line!.
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freedom in the generalized laws of Snell that corresponds to
the choice of sign for thez-component of the wave vector of
the longitudinal and transverse waves in the reflection coef-
ficient. To obtain a reflection coefficient consistent with ex-
periment, these choices have to be made according to the
angle of incidence and can be found in Deschamps,15 but a
clear physical motivation is missing. Moreover, discontinui-
ties are present at the longitudinal and shear critical angles
for negative values of the inhomogeneity factor. The model
we present here does not suffer from these difficulties and
sheds more light on the physics of the reflection process.
Interestingly, the local reflection coefficient shows oscillating
behavior near the Rayleigh angle for smaller beamwidths. In

general, this phenomenon is connected with the presence of
the sharp edges of the sound profile and should be verified
experimentally.

We now consider the Rayleigh dip phenomenon in more
detail. In Fig. 7, the reflected beam profiles in the Rayleigh
angle of the water/steel interface are shown for a half beam-
width of 30 mm, a frequency of 2 MHz andb520, 35, 55
and 85 m21. If b is smaller than 55 m21, a specular lobe is
present and the pointx50 lies in the nonspecular lobe of the
reflected field. Forb555 m21, the specular lobe is almost
absent and all incident energy is shifted in the nonspecular
lobe. The reflection coefficient is zero for this value ofb. For
larger values ofb there is again a specular lobe, but nowx

FIG. 6. The same as Fig. 5, but for a water/steel inter-
face with f 54 Mhz, p58 and ~a! b550 m21; ~b! b
5250 m21.
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50 is inside this lobe. In Fig. 8 the modulus and phase of the
local reflection coefficient are plotted as a function ofb. We
conclude that the zero of the reflection coefficient and the
associated phase reversal must be interpreted as local phe-
nomena, since bounded inhomogeneous waves only locally
behave as infinite plane waves. However, a reflection coeffi-
cient which is locally defined contains of course only limited
information on the reflected sound field and we could con-
sider a reflection coefficient for bounded acoustic beams
based on optical diffraction methods, as considered by Leroy
and Claeys.26 We would then find a minimum in the Ray-
leigh angle for both positive and negative inhomogeneity
factors, the amplitude of which depends on the degree of
distortion of the reflected sound field.

IV. ENERGY CONSIDERATIONS

To compute the energy efficiency of surface wave gen-
eration in the Rayleigh angle on a liquid/solid interface, we
start from the normal component of the energy flux vector in
the liquid:27

I z52Re~s iz!Re~ui
.!, ~31!

wheres iz are the relevant components of the Cauchy stress
tensor,ui

. are the components of the particle velocity and
Re~•! is the real part of a complex quantity. If the liquid is
nonviscous andp denotes the acoustic pressure, we have

s i j 52pd i j , ~32!

with

p52rv2¹•uW . ~33!

Working out expression~31! using ~32! and ~33! and inte-
grating over one period of the ultrasonic wave, we obtain for

the normal component of the mean energy flux of the inci-
dent and reflected sound fields at the interfacez50:

Ī iz~x,0!5
rv2v

2
Im~¹•uW i uiz* !, ~34!

and

Ī rz~x,0!5
rv2v

2
Im~¹•uW r urz* !, ~35!

with Im~•! the imaginary part of the quantity in brackets. The
energy efficiencyh(x) of Rayleigh wave excitation is de-
fined in analogy with Tamiret al.28 and can be written as

h~x!5
*2`

x dx8~ u Ī izu2u Ī rzu!

*2`
1`dx8u Ī izu

. ~36!

Expression~36! can be interpreted as follows. When the
incidence angle is equal to the Rayleigh angle, a part of the
incident energy penetrates into the solid medium and propa-
gates as a Rayleigh wave, which subsequently reradiates into
the liquid and appears as a nonspecular lobe in the reflected
beam. As a consequence, at a given position along the inter-
face, a horizontal energy flux exists which can be found by
calculating the energy incident in the interval (2`,x) and
subtracting the energy reflected away in that same interval.
The energy efficiency is then calculated by normalizing this
energy flux with the total energy of the incident sound beam.
Due to the two competing physical processes at work, on the
one hand excitation of the Rayleigh wave by the incident
sound field and on the other hand reradiation into the liquid,
the energy efficiency will go through a maximum at position
xm when plotted versus the horizontal distancex on the in-
terface. The height of this maximum as a function of the

FIG. 7. Reflected beam profiles in the
Rayleigh angle on a water/steel inter-
face with f 52 MHz, p58, w530
mm: ~a! b520 m21; ~b! b535 m21;
~c! b555 m21; ~d! b585 m21. Full
line: incident field; dashed line: re-
flected field.
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beam parameters is interesting. With the help of the repre-
sentation~11!, we can work out expression~34! and derive
an analytical expression for the normal component of the
time averaged energy flux of the incident sound wave:

Ī iz~x,0!52
1

2
rcv2cos~u i !expS 22S uxu

w0
D pYp12b ixD .

~37!

The mean energy flux in the reflected sound beam can be
computed numerically as a function ofx, starting from the
integral representation~14! for the reflected field or the ex-
pressions~28! and ~29!. The energy efficiency is then found
by numerically computing the integrals in~36!. Since this
procedure yields identical results for both Fourier analysis
and normal mode theory, only the results of Fourier analysis
will be shown further.

In Fig. 9, we have used the method described above to
compute the maximum energy efficiencyh(xm) as a function
of the half beamwidthw on a water/steel interface at a fre-
quency of 4 MHz. We compare Gaussian beams, square-

profiled beams and bounded inhomogeneous waves. Since
Fourier analysis and normal mode theory are entirely consis-
tent in the Rayleigh angle, we only show the curves calcu-
lated using Fourier analysis. The energy efficiency for
Gaussian beams and square-profiled beams attains a maxi-
mum of about 80% atw55 mm but diminishes significantly
for larger beamwidths. If the half beamwidth is more than 10
mm, the energy efficiency for Gaussian beams turns out to be
slightly higher in comparison with square-profiled beams.
However, the introduction of a nonzero inhomogeneity factor
has a much more drastic effect. With increasing values ofb,
the maximum rises to 90% and the decay of the curves be-
comes progressively slower. Figure 9 shows that the differ-
ence betweenb5100 m21 and the Gaussian or square-
profiled beams can reach 40%. This result may be useful in
the construction of wedge transducers if inhomogeneous
waves could be generated using a more efficient method. In
Fig. 10, the effect of reversing the sign ofb is examined. For
negative values ofb, the energy efficiency is found to be
lower. This can be intuitively understood from the fact that
an incident profile with negativeb excites the Rayleigh wave
strongly at its maximum, but for further places on the inter-
face less energy is arriving. On the contrary, for positiveb
the excitation is amplified at further points on the interface.
In Fig. 11, the influence of the ultrasonic frequency on the
energy efficiency is illustrated. We again show the curves for
a Gaussian beam and a bounded inhomogeneous wave with
b5100 m21 at a frequency of 4 MHz, together with the
corresponding curves at 10 MHz. The introduction of a
higher frequency mainly causes a shift of the maximum of
the curves towards smaller beamwidths and lower energy
efficiencies at higher beamwidths, but the behavior of
bounded inhomogeneous waves is largely unaffected in com-
parison with Gaussian beams.

FIG. 8. The modulus~a! and phase~b! of the reflection coefficient as a
function of b with f 52 MHz, p58 andw530 mm.

FIG. 9. The maximum energy efficiency of surface wave generation in the
Rayleigh angle on a water/steel interface as a function of the half beamwidth
w at a frequency of 4 MHz. Full line: Gaussian beams (p52,b50 m21);
dashed line: square-profiled beams (p58,b50 m21); dotted line and
dash–dotted line: bounded inhomogeneous waves withp58 and b
550 m21 and 100 m21.
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V. CONCLUSIONS

In studying the reflection of infinite plane inhomoge-
neous waves on a liquid/solid interface, difficulties were
found when trying to explain results likeuRu50 or uRu.1.
We have shown that by considering bounded inhomogenous
plane waves, the interpretation of the locally defined reflec-
tion coefficient becomes much clearer. Using Fourier analy-
sis and normal mode theory to describe inhomogeneous
waves as bounded acoustic beams, significant nonspecular
effects are found in the Rayleigh angle. Moreover, if these
models are used to compute the local reflection coefficient,
we obtain complete consistency with published data and we
develop a better understanding of the correspondence be-

tween infinite plane inhomogeneous wave theory and the
theory of bounded acoustic beams. The calculation of the
energy efficiency of surface wave excitation reveals that
bounded inhomogeneous waves may be useful in the con-
struction of wedge transducers.
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2, 229–240~1989!.

10G. Quentin, A. Derem, and B. Poire´e, ‘‘The formalism of evanescent plane
waves and its importance in the study of the generalized Rayleigh wave,’’
J. Acoust.3, 321–336~1990!.

11B. Poirée and F. Luppe´,’’Evanescent plane waves and the Scholte-
Stoneley interface wave,’’ J. Acoust.4, 575–588~1991!.

12J. M. Claeys and O. Leroy, ’’Reflection and transmission of bounded
sound beams on half-spaces and through plates,’’ J. Acoust. Soc. Am.72,
585–590~1982!.

13O. Leroy, ‘‘Non-specular reflection-transmission phenomena of bounded
beams described by inhomogeneous plane waves,’’ inAcoustic Interac-
tions with Submerged Elastic Structures, edited by A. Guran, J. Ripoche,
and F. Ziegler~World Scientific, Singapore, 1996!, Part I.

14M. Deschamps and B. Hosten, ‘‘Ge´nération de l’onde he´térogène de vol-
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Experimental demonstration of noninvasive transskull adaptive
focusing based on prior computed tomography scans
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Developing minimally invasive brain surgery by high-intensity focused ultrasound beams is of great
interest in cancer therapy. However, the skull induces strong aberrations both in phase and
amplitude, resulting in a severe degradation of the beam shape. Thus, an efficient brain tumor
therapy would require an adaptive focusing, taking into account the effects of the skull. In this paper,
we will show that the acoustic properties of the skull can be deduced from high resolution CT scans
and used to achieve a noninvasive adaptive focusing. Simulations have been performed with a full
3-D finite differences code, taking into account all the heterogeneities inside the skull. The set of
signals to be emitted in order to focus through the skull can thus be computed. The complete
adaptive focusing procedure based on prior CT scans has been experimentally validated. This could
have promising applications in brain tumor hyperthermia but also in transcranial ultrasonic imaging.
© 2003 Acoustical Society of America.@DOI: 10.1121/1.1529663#

PACS numbers: 43.20.2f, 43.20.El, 43.20.Jr, 43.35.Cg@AJS#

I. INTRODUCTION

Extracorporeal ablation of human tumors using High-
Intensity Focused Ultrasound~HIFU! has been intensively
investigated during the past decades.1–4 Prostate cancer is
certainly the most suitable application:5,6 the target is
reached via an endorectal probe close to the prostate tissue. It
is much more difficult to cure tumors located deeply in the
tissues: in this case, parts of the emitted wave front will
encounter regions with different acoustic velocities, and dif-
ferent absorption coefficients, so that the heating beam pat-
tern will be degraded. The worst medium to focus through is
certainly the skull, as it was first shown by Whiteet al.7

during investigations into echographic brain imaging, and
Fry et al.8,9 during investigations into brain hyperthermia: a
large discrepancy between high acoustic velocity of the skull
~about 3000 m s21! and the low velocity of brain tissues
~about 1540 m s21! combined with a severe attenuation of
ultrasound in the bone strongly degrade the beam shape.

Several methods have been developed to precisely focus
through the skull. The most invasive method consists in re-
moving the piece of the skull in regard of the emitting array
of transducers. Such a method has been experimentally used
on living rats and cats in the early 1970s.10 More recently,
thermally induced lesions in rabbit brains were also studied
by using a craniotomy.11 One can also correct the aberrations
induced by the skull either by using a Time Reversal
Mirror12 or by time shifting.13,14In the case of Time Reversal
Mirrors, prior to the treatment and taking advantage of the
biopsy, which ensures that the tumor is malignant, a hydro-
phone could be inserted in the neighborhood of the tumor
and used as a beacon. Once the diagnostic would be con-
firmed and the hydrophone removed, the time-reversed sig-
nals with amplitude compensation could be emitted in order

to correct both phase and amplitude aberrations induced by
the skull. Then, steering the signals15 would enable one to
precisely heat the whole tumor spot by spot. A refined exten-
sion of this method is the use of a spatiotemporal inverse
filter:16 taking advantage of the biopsy, one could put a set of
transducers along the path followed by the physician. Then,
after recording the whole set of impulse responses coming
from the set of transducers, one could perform a very accu-
rate focusing: it has been shown experimentally at low
power17 that it was possible to reach the same focusing qual-
ity through a human skull as the one obtained in water: phase
distortion and attenuation induced by the skull can be cor-
rected.

Recently, the possibility to deduce the acoustic proper-
ties of the skull from MRI and CT images raised new hopes
for noninvasive brain therapy. Hynynenet al.18,19 proposed
to use MRI images for extracting the skull profile, without
information on the internal heterogeneities. Then, using a
three-layer model~water outside the skull, skull, and brain
inside the skull!, they numerically highlighted the necessity
to perform the phase correction to focus through the skull.
They proposed to perform this correction by deducing the
phase aberrations induced by the skull thanks to simulations
with the three-layer model.20 In this work, they highlighted
that the model would be enhanced by taking into account the
heterogeneities of the skull. As CT images can give the in-
ternal structure of the skull, it is definitely more suited for
modeling the ultrasonic properties of the skull.20–22 In order
to take into account all the information of the CT images, we
propose here to use a three-dimensional~3-D! finite differ-
ences numerical simulation of the complete wave equation.
By taking into account the internal heterogeneities in density,
speed, and absorption, this finite differences simulation tries
to model all the defocusing effects highlighted by White
et al.7

It will first be explained how the acoustic velocity, thea!Electronic mail: jf.aubry@espci.fr
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density, and the absorption coefficient of the skull can be
deduced from CT images. In Sec. II, comparisons between
computed and experimental wave fronts passing through the
same area of the same skull fully validate this model. Then,
it will be shown in Sec. III that these results lead to nonin-
vasive focusing through the skull. The focusing pattern ob-
tained with a conventional time-reversal experiment is in-
deed close to the one experimentally obtained with our
method based on simulations. Thus, by using CT images of
the skull, it is possible to noninvasively correct both the
phase and the amplitude aberrations induced by the skull.
Beyond its interest for noninvasive brain therapy, full 3-D
finite differences simulations are an interesting tool for mod-
eling and understanding the complex acoustic wave propaga-
tion through bones.

II. ACOUSTIC PROPERTIES OF THE SKULL
DEDUCED FROM CT IMAGES

It is known that cortical bones give no signal on Mag-
netic Resonance Imaging~MRI!, whatever their density, but
MRI is capable to provide the thickness of the skull. In this
case, one can only model the acoustical properties of the
skull with a uniform density, sound speed, and absorption.
CT images can measure the internal density of the skull,
enabling us to use more accurate models of the acoustical
properties of the skull, taking into account the heterogene-
ities of density, sound speed, and absorption inside the skull.

A. CT images

High-resolution CT images have been performed at the
Institut Franc¸ais du Petrole~IFP!, on a General Electric FXi
model with a 0.2 mm in-plane spatial resolution. With trans-
ducers working at a central frequency of 1.5 MHz, it corre-
sponds to al/7 precision in the skull, which is of great
importance when trying to precisely simulate the wave
propagation. The entire CT scan of the skull is given in Fig.
1. The scan parameters were set to 120 kV, 60 mA. Slices
were 1 mm thick with a 0.5 mm pitch so that each slice was
overlapping the previous one.

A dried human skull was midsagitally cut into two
halves. In order to reproducein vivo conditions as closely as
possible, the skull is immersed in water and degassed so that
no air bubble is trapped in porous zones. Instead of being
filled with marrow, the porous parts of the skull are thus
filled with water. However, it is important that those porous

parts are not filled with air bubbles that would introduce
artifacts in the CT scans. Raw CT values were given into
Hounsfield Units~H!, defined by

H51000
mx2mwater

mbone2mwater
, ~1!

with mx , mbone, andmwater, respectively, denoting the pho-
toelectric linear attenuation coefficient of the explored tissue,
bone, and water.

As the skull was placed in water and degassed, it is
exclusively made of water and bone with a varying density.
Consequently,F being the bone porosity, we propose here a
linear relationship between the photoelectric linear attenua-
tion coefficient of the explored tissue, and the attenuation
coefficients of bone and water:

mx5Fmwater1~12F!mbone. ~2!

In that case, the porosity map is directly linked to the Houn-
sfield map:

F512
H

1000
. ~3!

Finally, all the acoustic properties~density, speed, and
absorption coefficient! of the skull were deduced from the
porosity maps. The porosity map of a slice is given in Fig. 2.
Basically, the skull presents a three-layered structure, with a
porous zone, called the diploe, stacked between two dense
layers, respectively, the outer and inner tables. We can see
that the diploe is very inhomogeneous and that it is some-
times hard to differentiate it from the tables.

B. Acoustic properties of the skull deduced from CT
imaging

All the experiments were made with a plane linear array
of 128 transducers working at a central frequency of 1.5
MHz, so that frequency ranges from 0.8 to 2 MHz. The
elevation of the array~VERMON! is 1 cm, with a 0.5 mm
pitch.

FIG. 1. CT scan of the entire skull.

FIG. 2. Porosity map of a slice of the 3-D CT data.
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1. Density

Mass density maps are easily deduced from the bone
porosity:

d5F3dwater1~12F!3dbone. ~4!

dwater is the mass density of water and has been set to
1000 kg m23; dbone is the maximum mass density in the cor-
tical bone. One can see that our simple model@Eq. ~2! and
Eq. ~4!# implies a linear relationship between the bone den-
sity and the Hounsfield units, as observed experimentally by
Rho et al.23 and Ploeget al.24

Fry et al.25 statistically studied the acoustical properties
of human skulls. They found an average mass density of
1900 kg m23 in the inner table. Taking into account the het-
erogeneities inside the inner table, the maximum mass den-
sity of the cortical bone (dbone) has thus been set to 2100
kg m23 in order to obtain the same average mass density in
the inner table as the one given by Fryet al. A slice of the
3-D mass density map is given in Fig. 3.

2. Speed of sound

The speed of sound is harder to deduce from the skull
porosity. The diploe and the inner and outer tables have dif-
ferent mechanical properties.25 Acoustic waves propagating
in the fluid and the solid media are coupled, which is cor-
rectly described by the Biot theory if the wavelength is neg-
ligible compared to the size of the heterogeneities. At 1.5
MHz, the wavelength is unfortunately of the order of mag-
nitude of the heterogeneities. However, Carter and Hayes26

showed that the elastic modulus of bone is proportional to
the apparent density cubed, which suggests a linear relation-
ship between velocity and porosity:

c5cmin1~cmax2cmin!3~12F!. ~5!

As porous parts are filled with water,cmin has been set to 1.5
mmms21. Fry et al.25 measured the same value in the inner
and the outer table for the speed of sound: 2.9 mmms21.
According to this,cmax has been set to 2.9 mmms21. A slice
of the 3-D velocity map is given in Fig. 4. In order to give an
idea of the entire 3-D velocity mesh used in the simulation, a
representation is given in Fig. 5.

3. Absorption

As ultrasonic absorption is known to occur mainly in the
diploe,25 the absorption coefficient is expected to be a grow-
ing function of porosity. The following power law model was
experimentally adjusted:

abs5absmin1~absmax2absmin!3~F!b. ~6!

Evaluating the mean absorption of wave fronts propagating
through different parts of the skull showed thatb could vary
between 0.3 and 0.7. The best comparison between simula-
tion and experiments were obtained withb50.5; absmin

50.2 dB mm21; absmax58 dB mm21. This definitely sets the
absorption coefficients for all the experiments performed
through this skull. A slice of the 3-D absorption map is given
in Fig. 6.

C. Numerical simulations

Simulations were performed with a finite differences
program called ACEL developed in our lab. For 3-D simula-
tions through the skull, a 20 h computational time is needed
to compute a 70 mm310 mm330 mm box at an ultrasonic
frequency of 1.5 MHz with a 500 MHz computer. Basically,
the program is based on a discretization of the linear acoustic
wave equation in heterogeneous absorbing media~7!:

S 11t0~r !
]

]t
• D Fr0~r !“•S 1

r0~r !
“p~r ,t ! D G

2
1

c0~r !2

]2p~r ,t !

]t2 5S0~r ,t !. ~7!

This equation accurately models fluids with sound speed,
density, and absorption heterogeneities. Mode conversions
and shear waves are not taken into account. Nevertheless,
they can be neglected in a first approximation25 as the wave
front incidence angle on the skull’s interface remains close to
normal incidence. As the wavelength in the skull is larger
than the inclusions, microstructures in the diploe are aver-
aged by introducing an effective medium. In the bandwidth
of the transducers, insertion loss increases as the second
power of the frequency.25 A second power frequency depen-
dence of the insertion loss corresponds to a constant relax-
ation time,28 as set in the simulation. In order to ensure a

FIG. 3. Slice of the 3-D mass density map deduced from CT scans. FIG. 4. Slice of the 3-D acoustic speed map deduced from CT scans.
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precise simulation, taking into account density, sound speed,
and absorption heterogeneities, the spatial pitch is set to less
than one-tenth of a wavelength and the time step is automati-
cally set to ensure the von Neumann stability criteria.29

Strongly absorbing boundary conditions based on a fourth-
order approximation of Higdon conditions30 are used at the
sides and edges of the mesh to avoid unphysical reflections.
Sets of receivers and emitters can be easily defined thanks to
an intuitive graphic interface, as well as the velocity, density,
and absorption maps@Eqs. ~4!, ~5!, and ~6!# respectively,
c0(r ), r0(r ), andt0(r ). Then the numerical code propagates
the wave front from the set of emitters to the set of receivers.
The maps presented in Sec. II B were interpolated to one-
tenth of a wavelength.

The position of the set of transducers on the simulation
mesh is critical. It is indeed of great importance to carefully
place the transducers at the same location in the simulations
and in the experiment. Basically, the exact positions of three
markers on the skull were recorded and the experimental
configuration was reproduced with a one-millimeter preci-
sion in each direction. We did not notice significant degrada-
tion of the experimental focusing patterns based on simula-
tions due to this variance in the estimation of the markers
location. Further investigations could quantitatively estimate
the effect of positioning errors.

III. EXPERIMENTAL VALIDATION: COMPARISON
BETWEEN COMPUTED AND EXPERIMENTAL WAVE
FRONTS

The midsagitally cut human skull was placed between
our linear array of 128 transducers and a needle hydrophone
~Fig. 7!. The whole experiment was immersed in water. In
the general case, out of plane refractions have to be taken
into account, explaining why a 3-D simulation code had to
be computed. Nevertheless, we first tried to achieve a 2-D
experiment by placing the needle hydrophone close to the
skull. The surface of the skull has been aligned with the
surface of our active elements in order to minimize refraction
out of the simulation and experimental plane. Thus, first
simulations could be performed in two dimensions, which is
much more rapid. The hydrophone has a one millimeter ex-
ternal diameter housing and 0.5 mm diameter active surface
~l/2!, so that one can assume that the experiment takes place
in one slice of the CT scan~each slice is indeed 1 mm thick!.
A plane wave was emitted by the array of a transducer, and
the hydrophone was translated along thex axis in order to
record the wave front after passing through the skull. The
plane wave front before passing the skull has also been re-
corded and is plotted in Fig. 8.

As expected, after propagation through the skull, the
plane wave is strongly distorted, suffering both phase and
amplitude distortions. The experimental wave front is pre-
sented in Fig. 9~a! and can be compared to the simulated one
displayed in Fig. 9~b!. At first glance, the simulation remark-
ably reproduces the influence of the skull. In Fig. 9~c! is
reproduced the corresponding porosity map of the skull in

FIG. 5. A 3-D spatial representation of the sound speed distribution deduced from CT scans and used as input data in the full 3-D finite differences simulation
~the box is 60 mm330 mm312.5 mm).

FIG. 6. Slice of the 3-D absorption map deduced from CT scans. FIG. 7. Experimental setup.
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order to explain the influence of the skull. Two different
zones have been highlighted. The zone one corresponds to a
dense part of the skull with a relatively uniform absorption,
so that the wave front is mainly distorted by the varying
thickness of the skull, which is well reproduced on simula-
tions. At position 40 mm on both experimental and simulated
wave fronts, a dislocation can be seen: this is due to a notch
@white arrow No. 2 in Fig. 9~c!# that acts like an acoustic
lens.

A quantitative comparison between simulated and ex-
perimental wave fronts can be done. In Fig. 10~a! is plotted
the relative time shifts between simulation and experiment.
Time shifts have been evaluated by cross-correlating the sig-
nals of Figs. 9~a! and 8~b!. In order to obtain a good focus-
ing, Goodman31 showed that the precision on the phase of
the emitted signal should be less than T/8, where T is the
period of the signal. One can see in Fig. 10~a! that this cri-

teria is well respected, except in one zone around position 60
corresponding to very low signal amplitude@see Fig. 9~a!#.
Respective normalized amplitude at central frequency re-
corded or simulated at each location of the hydrophone are
also plotted in Fig. 10~b! and are quite similar.

Studying the propagation of a plane wave through a hu-
man skull enabled us to validate the whole simulation pro-
cess. In the following section, we will apply this process to
perform noninvasive focusing through the skull.

IV. APPLICATION TO NONINVASIVE FOCUSING
THROUGH THE SKULL

A. Experimental setup

The experimental setup, presented in Fig. 11, slightly
differs from the one presented in Sec. II. Our aim is to de-
termine the set of signals that have to be emitted on the array
of transducers in order to obtain a sharp focusing. The qual-
ity of the focusing is experimentally checked by translating
the hydrophone along thex axis and recording the maximum
of pressure amplitude. In this section, as out of plane refrac-

FIG. 8. Plane wave before passing through the skull~experiment!.

FIG. 9. Wave front after propagating through the skull:~a! Experiment;~b!
simulation;~c! corresponding porosity map of the skull.

FIG. 10. ~a! Relative phase shift between the experimental and simulated
plane wave propagating through the skull.~b! A comparison between experi-
mental~dotted line! and simulated~solid line! normalized amplitude.
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tion effects have to be taken into account, all the simulations
were performed with our full 3-D finite differences code.
~See Fig. 12.!

B. Noninvasive time reversal

As seen in Sec. II, when focusing through the skull,
parts of the wave front encounter regions with strongly dif-
ferent acoustic velocity and different absorption coefficient.
This induces a severe spreading in the main lobe and an
increase of the side lobes level, as one can see later in Fig.
14, showing the experimental directivity pattern obtained
when focusing through the skull by emitting a cylindrical
law with the array of transducers~dash–dotted line!. This
directivity pattern was obtained by plotting in a linear scale
the square of the maximum of pressure amplitude recorded
by the needle hydrophone at each location along thex axis.
Such a focal spot is definitely not suited for brain hyperther-
mia: the maximum of pressure amplitude is not on the target
~target at center! and the focusing quality is so poor that
necrosis would also be induced in surrounding tissues.

Time reversal enables to correct the phase aberrations
induced by the skull.12 Basically, a pulse emitted by an
acoustic source placed at the desired focus is recorded by an
array of transducers after propagation through the medium.
Then the recorded signals are time reversed and reemitted, so
that the wave front propagates back to the source as if the

experiment was played backward. The experimental wave
front coming from the central location of the hydrophone
was recorded on the array of transducers and is presented in
Fig. 13~a! after the time reversal operation. These time-
reversed signals were experimentally reemitted by the array.
We obtained the corresponding directivity pattern plotted in
Fig. 14 ~dotted line!.

Thanks to simulations, it is possible to avoid the need of
an ultrasonic source at focus by using a virtual source. An
acoustic source was indeed placed on our CT images at the
location of the desired focus. A pulse emitted by this virtual
source was numerically propagated by the 3-D finite differ-
ences code through the skull to the array of transducers. This
wave front numerically recorded on the array is presented
after the time reversal operation in Fig. 13~b! and is very
close to the one experimentally acquired@Fig. 13~a!#. The
time-reversed simulated wave front was then experimentally
emitted by the array of transducers. Finally, the experimental
directivity pattern obtained by emitting the simulated set of
signals is plotted in Fig. 14~gray solid line!. These experi-
ments support the feasibility of totally noninvasive brain hy-
perthermia, since the focusing based on CT images~solid
line! is close to the one obtained with a real acoustic source
placed at the desired focus~dotted line!: the focusing pat-
terns are very similar, excluding an increase of the secondary
lobe located at110 mm from the center when using the
simulated wave front. The strong defocusing effect observed
when using a cylindrical law~dash–dotted line! is now well
compensated for hyperthermia applications. Ebbiniet al.27

proposed an 8 dB side lobes amplitude as a threshold in
order to avoid burning surrounding tissues. This is the case
here.

In previous work, Thomaset al.12 showed that at high
frequencies~1.5 MHz! the focusing pattern could be strongly
enhanced by combining time reversal with amplitude com-
pensation. We will show in the following section that this can
also be performed noninvasively.

FIG. 11. Experimental setup.

FIG. 12. Full 3-D finite differences simulation: 3-D spatial representation at a given time of the acoustic field passing through the skull~in a linear scale!. The
wave front is coming from a point-like source inside the brain. The calculation box (60 mm330 mm312.5 mm) corresponds to the 3-D volume presented in
Fig. 5. One can notice some field variations along the elevation axis.
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C. Noninvasive time reversal with amplitude
compensation

Time reversal corrects phase aberrations induced by the
propagating medium but does not correct amplitude aberra-
tions. When focusing through a strongly absorbing medium
like a human skull, the focusing can be improved by correct-
ing the amplitude of the recorded signals.12 This is particu-
larly important when working at central frequencies above 1

MHz. The skull absorption is indeed increasing with the fre-
quency, suggesting to work at low frequency. But decreasing
the frequency also means decreasing the resolution and de-
creasing the heating of soft tissues, as their absorption coef-
ficient is also increasing with the frequency. A compromise
has to be determined. Hynynenet al. decided to work at low
frequency to optimize the Specific Absorption Rate,19 which
is a good choice in order to avoid wasting energy in the
skull. In that case, compensating the amplitude would only
slightly improve the focusing, and a correct focusing can be
achieved without amplitude correction. Another concern is
the combination of HIFU and cavitation that may induce
hemorrhages in the brain. As the cavitation threshold de-
creases with the frequency, hemorrhages are more likely to
occur at low frequency. Our lab chose to work in a higher-
frequency range~from 800 kHz to 1.5 MHz! for therapy, but
also imaging. In that case, absorption effects become more
important and an amplitude correction has been proposed.

Basically, assuming that the skull is an infinitely thin
layer close to the emitting array of transducers, one can ap-
ply a gain on parts of the wave front that suffered a loss
while passing through the skull. This so-called amplitude
compensation is fully described in Ref. 12. The time-
reversed signals obtained, respectively, by experiment and
simulation presented in Fig. 13 were amplitude compensated
~Fig. 15! and then were both experimentally emitted by the
array of transducers. The corresponding focusing patterns are
plotted in Fig. 16.

The focusing pattern obtained with a conventional time-
reversal experiment with amplitude compensation is slightly
better than the one based on simulations. More precisely, the
right side has a lower level. Further work could show
whether a better positioning system or a more precise adjust-
ment of the parameters of the inhomogeneous model pre-
sented here could enhance the noninvasive process.

Either experimentally acquired or deduced from simula-
tions, the focusing patterns obtained using time-reversal
combined with amplitude compensation are much sharper
since the effective aperture of the emitting array is enhanced.

FIG. 13. Time-reversed signals emitted by the array of transducers:~a!
From experimental signals;~b! from the computed wave front~heteroge-
neous model!; and ~c! from a computed wave front~homogeneous model!.

FIG. 14. Directivity pattern through the skull: energy~pressure squared! is
plotted in a linear scale after emission of the time reversal of signals experi-
mentally acquired~dotted line!, of simulated signals~gray solid line!, and of
cylindrical law ~dash–dotted line!.
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Moreover, the side lobe level is lower. Thus, the therapy will
be more precise and tissues located in the near-field will be
homogeneously insonified. Adding the amplitude compensa-
tion protects the brain tissues to the detriment of an overheat-
ing in the most absorbing parts of the skull. This overheating
will be studied in further works.

D. Comparison with a homogeneous model

The full 3-D finite differences codes developed in this
article take into account all the internal heterogeneities in
density, speed, and absorption of the human skull detected on
prior CT scans. A homogeneous model of the skull can also
be proposed.18,20 In a first approximation, one can indeed
consider that the main effect of the skull results in its varying
thickness, as the acoustic velocity and the density of the skull
are about twice the velocity and the density of water and of
the brain. In that case a fast simulation code can be used,
based on ray tracing theory. In order to determine the advan-
tage of taking into account the internal heterogenieties, other
noninvasive focus have been conducted on other parts of the
human skull. Two simulations of the wave front coming from
a virtual source placed on the target were conducted: one
with the previously presented heterogeneous model and one

with a homogeneous model. In the homogeneous model, ac-
cording to the value deduced by Hynynen20 from Fry et al.,25

a mean velocity of 2.65 mmms21 has been taken, and a mean
density of 1800 kg m23.

The emitted wave front was either not corrected or cor-
rected thanks to the homogeneous or the heterogeneous
model. They were emitted with the linear array of 128 trans-
ducers. The corresponding energy distributions are plotted in
a linear scale in Fig. 17. One can clearly see that the homog-
enous model~dotted line! improves the focusing compared
to a noncorrected wave front~dash–dotted line!. The side
lobes are significantly reduced, with a 10 dB gain. One can
notice that the directivity pattern obtained with the homoge-
neous model is more symmetric and globally centered on the
target, even if the maximum of pressure amplitude is not on
the target: on this area of the skull, destructive interferences
occur at the center. But the heterogeneous model developed
in this article reaches a better focusing: the directivity pattern

FIG. 16. The directivity pattern through the skull: energy~pressure squared!
is plotted in a linear scale after the emission of time reversal with amplitude
compensation of signals experimentally acquired~dotted line! and simulated
signals~gray solid line! and of cylindrical law~dash–dotted line!.

FIG. 17. Directivity pattern through the skull: energy~pressure squared! is
plotted in a linear scale after the emission of cylindrical law~dash–dotted
line!, time reversal of simulated signals with heterogeneous model~gray
solid line!, and with a homogeneous model~dotted line!.

FIG. 15. Time-reversed signals with amplitude compensation emitted by the
array of transducers:~a! From experimental acquisition and~b! from a com-
puted wave front~heterogeneous model!.
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is quite symmetric, the maximum of pressure amplitude is
close to the target and the side lobes level are very low. Over
90 experiments conducted with various focusing techniques
on various areas of the skull, the focusing capabilities were
compared. Using a noncorrected wave front, a mean 1.5 mm
absolute deviation from the target was observed, with a 0.2
mm standard deviation. With a noninvasive correction de-
duced from a homogeneous medium, the mean deviation de-
creased to 1.15 mm with a 0.2 mm standard deviation. The
mean gain on the first side lobe was 6.2 dB, and 3 dB on the
second side lobe. With a noninvasive correction deduced
from a heterogeneous medium, the mean deviation decreased
to 0.63 mm with a 0.3 mm standard deviation. Compared to
noncorrected wave front, the mean gain on the first side lobe
was 9.4, and 8.7 dB on the second side lobe. Thus, the het-
erogeneous model presented here shows a significant im-
provement, even if the homogeneous model shows good re-
sults compared to a noncorrected focusing. One also has to
notice that the homogeneous model was solved here by using
a finite differences code, taking into account higher refrac-
tion angles than codes derived from ray tracing theory. More-
over, the wave front coming from the virtual source has been
simulated with the homogeneous model in the same configu-
ration used in Secs. III B and III C. This wave front is pre-
sented in Fig. 13~c!, and can be compared to the experimen-
tal one @Fig. 13~a!# and the one obtained with the
heterogeneous model@Fig. 13~b!#. One can see that the am-
plitude of the wave front is not well reproduced. This means
that such a model only allows performing time shifting or
time reversal. With a more complex model like the heteroge-
neous one presented here, one can try to perform more com-
plex focusing by changing the phase and the amplitude of the
signals. Even if time shifting is necessary and has to be taken
into account to perform brain hyperthermia,19 new develop-
ments can be envisioned with a more accurate model, such as
amplitude compensation.12

Of course, this first study has to be extended on other
human skulls that the laboratory is currently looking for. The
different models also have to be compared at lower frequen-
cies, where the distortions induced by the skull are less im-
portant.

V. CONCLUSION

Based on prior CT scans, a 3-D finite differences nu-
merical simulation of the complete wave equation has been
proposed. This 3-D code takes into account the internal het-
erogeneities in density, speed, and absorption of the human
skull. Thanks to this model, simulated wave fronts passing
through the modeled skull are very close to the correspond-
ing experimental wave fronts propagating through the same
part of the skull. Moreover, the propagation through the skull
of a wave front coming from a virtual point-like source lo-
cated inside the brain can be simulated and recorded by a set
of receivers. The same geometry is experimentally repro-
duced and the simulated wave front is time reversed and
experimentally emitted by a real array of transducers. This
enables us to achieve a complete time reversal experiment
combined with amplitude compensation without the need of
a physical source inside the brain, as the finite differences

code guided by CT scans allows us to create virtual sources
inside the brain. As both phase and amplitude aberration in-
duced by the skull can be noninvasively corrected, this tech-
nique could show encouraging promise in brain hyperther-
mia. A time reversal mirror made of 200 high-power
transducers is under construction to bring into play this non-
invasive hyperthermia protocol. Beyond its interest for non-
invasive brain therapy, full 3-D finite differences simulations
are an interesting tool for modeling and understanding the
complex acoustic wave propagation through the skull.
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Scattering from a single bubble near a roughened air–water
interface: Laboratory measurements and modeling
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The problem of scattering from a single bubble located close to a slightly roughened, air–water
interface is studied both theoretically and experimentally. Two well-controlled laboratory
experiments were performed to investigate the effects of surface roughness on the scattering
response of the bubble. In the first experiment, a bubble of radius 1200mm was placed on a fine
thread at a variable distance,d, from the mean-still-water level of the surface, which was roughened
using a wind source. In the second experiment, a bubble of radius 800mm was utilized, while the
water surface was roughened using a plunger wave-making source. The waveheights and important
characteristic length scales associated with each experiment were quantified using digital
photography. The wind source produced waveheights that were represented by a Gaussian
distribution, while the plunger source produced waveheights that were represented by a bimodal
distribution. To model the acoustic measurements, an expression describing the four scattering
paths, from source to bubble to receiver, was used. A random phase shift due to the surface
roughness was added to the paths that interacted with the surface, and expectations of this phase
shift were computed based on the analytical representations for the waveheight distribution. The
data show good agreement with the simulations and the sensitivity of scattering from a subsurface
bubble to small changes in waveheight is illustrated. The experiments highlight important
parametric dependencies, which are summarized here, and the relation between monostatic and
bistatic scattering is also discussed. ©2003 Acoustical Society of America.
@DOI: 10.1121/1.1519543#

PACS numbers: 43.20.Fn, 43.30.Cq, 43.40.Ga, 43.30.Zk@DLB#

I. INTRODUCTION

In an earlier, related paper1 a model for acoustic scatter-
ing from a single bubble located close to a flat, air–water
interface was presented along with verifying experimental
measurements. The model consists of two multiplicative fac-
tors: one accounts for the coherent combination of four ma-
jor paths by which scattering can occur~two of which are
reciprocal in the monostatic case!, and the other accounts for
multiple scattering between the bubble and the air–water in-
terface. It was demonstrated that multiple scattering can play
a substantial role for bubble depths,d, such thatkd,1,
wherek is the acoustic wavenumber, but the essential fea-
tures of scattering from a single bubble located close to a
flat, air–water interface are produced by the coherent com-
bination of the four paths.

In this paper the effects of a slightly roughened, air–
water interface on the coherent combination of the four ma-
jor paths are studied, and the model from Ref. 1 is modified
to include these effects. We also present verifying laboratory
measurements of monostatic scattering from a single bubble
~performed at a frequency of 120 kHz! located close to a
slightly roughened air–water interface, that was character-
ized using digital photography.

In the following section a model for backscattering from
a single bubble located below a roughened air–water inter-
face is described. In Sec. III we describe our experimental
procedure and measurements, starting with the measure-
ments of surface roughness, and how these are incorporated
into the model, followed by the acoustic measurements and

comparisons of these data with predictions based on our
model. A discussion is presented in Sec. IV; here, important
parametric dependencies are summarized and the relation be-
tween monostatic and bistatic scattering is discussed.

II. MODEL FOR BACKSCATTERING FROM A SINGLE
BUBBLE LOCATED CLOSE TO A ROUGHENED
AIR–WATER INTERFACE

The backscattered pressure,Ps , from a single bubble
located a distanced below mean-still-water level of a rough-
ened air–water interface, and ranger from the transducer
~with d/r !1) is expressed as

Ps5
e2ikr

r 2 @ f 180 e2ikb22 f u e2ik~a1b!1 if1 f 180 e2ika12if#,

~1!

wherea andb are the distances shown in Fig. 1~II !, andf
is a phase factor~discussed below!. For d/r !1, one grazing
angle,u, applies to all values ofd, and ultimately the vari-
ablesa andb are expressed in terms ofd andu. Four paths
~labeled I–IV in Fig. 1! are associated with Eq.~1!, two of
which ~II and III! are reciprocal and add coherently, thus
giving rise to the three terms shown.

Equation~1! originates from Eq.~16! of Ref. 1, but con-
tains two changes. The first is that heref 180 and f u represent
the complex scattering amplitude of a bubble at scattering
angles of 180 degrees and at 180 degrees62u degrees, re-
spectively ~Fig. 1!. In this work we find these amplitudes
from the first two terms~monopole and dipole! of Ander-
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son’s solution2 for scattering from a fluid-filled sphere of
arbitrary size. The manner by which Anderson’s solution is
expressed in the form of a complex scattering amplitude is
discussed in Ref. 3. In Eq.~16! of Ref. 1, a single variable,
f B , was used to represent the bubble’s complex scattering
amplitude associated with its monopole response. In this
study, however, larger bubbles of radiusa equal to 800 and
1200mm were used, puttingka at about 0.41 and 0.61, re-
spectively, for our frequency of 120 kHz and necessitating
the use of an angle-dependent complex scattering amplitude.

The second change is that the influence of the roughened
air–water interface is accounted for by factorseif ande2if,
representing the added phase shiftf and 2f, imparted by
one and two reflections, respectively, from the roughened
air–water interface. Settingf50 and f 1805 f u , we recover
an equation for an ideal flat, pressure-release boundary as
obtained in Ref. 1. We invoke the Kirchhoff approximation
~e.g., see Ref. 4!, for which the added phase shift relative to
the phase shift upon reflection from the mean surface equals
2kD sinu, whereD is the surface displacement andu is the
grazing angle. Justification for use of the Kirchhoff approxi-
mation is given in the next section.

The backscattering cross section,sbs, is defined as
^PsPs* &r 2/uPincu2, where the incident fieldPinc is by conven-
tion equal toeikr /r and^PsPs* & is the mean-square backscat-
tered pressure. Heresbs ~our experimental observable! is re-
ported in terms of target strength, TS510 log10sbs, in dB re
1 m2.

To modelsbs we take the ensemble average ofPsPs* in
Eq. ~1! multiplied by r 4, giving

sbs~d!52u f 180u214u f uu212u f 180u2R2 cos~4kd sinu!

24R1 cos~2kd sinu!~ f u f 180* 1 f 180f u* !, ~2!

where

R15^e6 i2kDsinu&, ~3!

and

R25^e6 i4kDsinu&. ~4!

The factorsR1 andR2 can be determined given a suitable
representation of the probability density function~PDF! for
the surface elevation variableD and both become 1 in the
limit of a perfectly flat surface.

III. EXPERIMENTS ON BACKSCATTERING FROM A
SINGLE BUBBLE LOCATED CLOSE TO A
ROUGHENED AIR–WATER INTERFACE

Two sets of experiments were performed using the sys-
tem shown in Fig. 2. Since the experimental apparatus and
procedure~for all but surface wave generation! are described
in detail in Refs. 1 and 3, we give only a brief description
here. The basic apparatus consists of a plexiglass tank and a
transducer that was rotated an angleu from the horizontal
axis. The transducer’s~two-way! beamwidth was 9.9 de-
grees, defined as the full angle between points 3 dB down
from the maximum response axis. The input signal to the
transducer was a five-cycle tone burst with a center fre-
quency of 120 kHz. The received signal from each transmit-
ted ping was amplified, band-pass filtered between 100 and
140 kHz, and digitized at a sample rate of 1 MHz. The mean-
square voltage was taken within a time gate corresponding to
the bubble’s range, based on a 30-ping average, and the
quantity ^PsPs* & computed, based on the calibration of the
system as described in Refs. 1 and 3.

In the first experiment, a roughened surface was created
by wind using a fan positioned approximately 15 cm above

FIG. 1. Geometry describing monostatic scattering
from a bubble located a distanced below mean-still-
water level, ford/r !1 wherer is range to source and
receiver. Four paths, labeled~I!–~IV !, are identified.

FIG. 2. Experimental apparatus for measuring backscattering from a bubble
beneath a roughened air–water interface. Two wave generation mechanisms
were used: a wind source~fan! and an oscillating plunger source.~Plunger
source was not in the water while the fan was operating.! A small bubble
target is depicted on a thread, which is 62 cm to the right of the acoustic
source/receiver. The drawing is not to scale.
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the water and tilted slightly downward~Fig. 2!, producing a
surface with rms waveheight of about 1 mm. The fan-
generated wind speed was 3.5 m/s, measured 5 cm above the
water using a portable anemometer. Although the relation
between wind speed and waveheight in this case is a very
unnatural one owing to restricted fetch and air flow within
the confines of the tank, the wind speed does have signifi-
cance because of the important assertion made here that no
bubbles were created in association with the roughened sur-
face. For example, Kolainiet al.5 studied the creation of
bubbles by encapsulating wind-generated capillary waves.
Their study was conducted in a similar-sized tank, and they
determined a wind speed threshold of about 8 m/s for bubble
creation via an encapsulation mechanism.

In the second experiment, a roughened surface was cre-
ated using a plunging-type wave maker consisting of a shal-
low, plastic bowl ~25 cm diam! set into gentle oscillation
while never breaking contact with the water. Here, too, care
was taken to avoid creating bubbles. This process launched a
wave crest at frequency between 5 and 6 Hz~estimated by
analyzing video records of the plunger and flow play-back
speed! and created a surface with rms waveheight of about
0.6 mm.

A. Measurements of the roughened air–water
interface and their use in acoustic modeling

The artificially roughened, air–water interface was
quantified using a digital camera and a scaled ruler placed in
the field of view. Digital photographs~e.g., Fig. 3! were
quantified using NIH image, a public domain image process-
ing software package, with a horizontal sampling interval of
1 mm. The surface characterization photographs were made
immediately following completion of the acoustic measure-
ments. An ensemble of ten photographs, each covering ap-
proximately 70 mm of surface, were taken for each surface
type.

Sample autocorrelation~acf! functions for the wind and
plunger surfaces based on the ten-member ensemble are
shown in Fig. 4. Although the acf estimates have a high
variance, they do satisfy their main purpose of characterizing
important length scales of surface roughness. For example,

the first zero-crossing for the plunger data is approximately
15 mm, which is consistent with a long wavelength scale of
about 60 mm were the acf to be modeled as a damped cosine
of this wavelength. Using the dispersion relation

~2pF !25gK1gtK3/r, ~5!

whereK is the capillary wavenumber,g is the gravitational
constant,r is water density, andt is surface tension~0.074
N/m!, a capillary wave of about 60 mm will have a fre-
quencyF55.4 Hz, which is consistent with our video esti-
mates. Similarly, the first zero-crossing for the wind data is
approximately 11 mm, putting the long wavelength for wind
surface at about 44 mm. Both sample acf estimates are rea-
sonably described by a simple model of the formc(x)
5e2uxu/l0 cos (Kox), wherex is the lag variable in the pri-
mary direction of the waves~i.e., along the ruler shown in
Fig. 3! andKo is the wavenumber corresponding to the long
wavelength. The length scalelo is about 20 mm for the wind
data and about 27 mm for the plunger data.

For a nominal estimate of the surface radius of curva-
ture, r c , we user c;0.3l0

2/s ~see Ref. 6, p. 23!, wheres is
the rms waveheight, which putsr c at about 120 mm when
using (l0 ,s) from the wind surface. Usingk5506 m21

~based on tank water sound speedc51490 m/s!, and the
nominal grazing angle for the experiments,u '17.5 degrees,
then the less restrictive inequality for validity of Kirchhoff
theory is satisfied, namely thatkrc sinu @1 ~see Ref. 6, p.
104!.

Figure 5 shows empirical probability density functions
~or PDFs! of measurements of surface elevation for the wind
and plunger surfaces with each based on the elevation data
originating from a ten-member ensemble of digital photo-
graphs. The empirical PDF for the wind surface is reasonably
well approximated by a Gaussian PDF with zero mean and
standard deviation,s, equal to 1 mm. Thus, for modeling
purposes, we represent the PDF for wind surface elevation,
pw(D), using

FIG. 3. Photograph of a single bubble below the slightly roughened air–
water interface and scaled ruler~1 mm graduation!. This photograph was
taken immediately after the acoustic measurements for the wind-source ex-
periment were completed. The size of the bubble is 1200mm. The long
wavelength of the surface wave is about 45 mm, and the diameter of the
thread is 100mm.

FIG. 4. Sample autocorrelation functions for the wind~dashed line! and
plunger~solid line! surfaces. The vertical bar~offset from results! represents
uncertainty in results for spatial lags>10 mm.
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pw~D!5
1

A2ps
e2D2/2s2

, ~6!

which is plotted along with the data in Fig. 5~a!.
Regarding the plunger surface data, first the quality of

the surface amplitude measurements is somewhat reduced by
a small but apparent saturation effect that occurs whenuDu
exceeds about 1 mm, as evidenced by the slight rise in em-
pirical PDF amplitudes near61 mm. We proceed to con-
struct a model PDF for the empirical PDF based on a rea-
sonable assumption that the uncensored probability of wave
amplitude greater than 1 mm is small. Second, the empirical
PDF is bimodal, a consequence that likely arises from the
addition of two wave contributions, and therefore a convolu-
tion of their respective PDFs, one contribution being a sine-
like wave originating from the plunger source and the other
being a more complicated wave pattern originating from re-
flections from all four walls. Rather than proceed with con-
volution to obtain a model PDF, it is sufficient to represent
the empirical PDF with a simple combination of three Gaus-
sians, two of which are centered at a wave amplitudea50.3
mm, with standard deviations150.1 mm; both of these
functions are given a weightn1 . The third Gaussian has a
zero mean amplitude with standard deviations250.7 mm
and this function is given a weightn2 . The weightsn1 and
n2 are 0.175 and 0.65, respectively, with 2n11n251. The
PDF for the plunger surface elevation,pp(D), is thus repre-
sented using

pp~D!5
n1

A2ps1

e2~D2a!2/2s1
2
1

n1

A2ps1

e2~D1a!2/2s1
2

1
n2

A2ps2

e2D2/2s2
2
, ~7!

which is plotted along with the data in Fig. 5~b!. The prob-
ability of uDu.1 mm based on Eq.~7! is 0.1, which is con-
sistent with our claim that the saturation effect is small.

A note regarding the above PDFs: we do not claim that
Eqs.~6! and~7! are genuine statistical models for the random
variableD as it was generated by wind and plunger mecha-
nisms. That is, the empirical PDF from the wind data does
not represent, in a rigorous statistical sense, a true random
sample from a population described by Eq.~6!, insofar as the
probability of the chi-squared statistic7 is less than 5%. The

same is true for the plunger data. However, a genuine statis-
tical model for theD measurements, the quality of which is
marginal, is not needed here. Instead, a reasonable approxi-
mation for the surface elevation PDF is required, and Eqs.
~6! and ~7! fulfill this requirement.

The constantsR1 andR2 for the wind surface are com-
puted by

R15E
2`

1`

pw~D! cos~2kD sinu! dD5e22~ks sin u!2
,

~8!

and, similarly,

R25e28~ks sin u!2
. ~9!

Using s50.001 m putsR150.9487 andR250.8100 at a
frequency of 120 kHz andu517.5 degrees. For the plunger
surface, the same analysis usingpp(D) gives

R152n1e28~ks1 sin u!2
cos~4ka sin u!

1n2e28~ks2 sin u!2
, ~10!

and

R252n1e22~ks1 sin u!2
cos~2ka sin u!

1n2e22~ks2 sin u!2
. ~11!

Using s1 , s2 , anda expressed in m putsR150.9840
andR250.9379.

B. Measurements of acoustic scattering, and model Õ
data comparisons

Before discussing the acoustic scattering measurements
it is instructive to first examine the theoretical dependence of
bubble TS on bubble depth and interface roughness~shown
in Fig. 6!. Here the interface is characterized by zero-mean

FIG. 5. Empirical probability density function~solid, black line! for wind
surface~a!, and plunger surface~b! data. The dashed curves represent mod-
eled probability density functions, which are Eq.~6! for the wind data and
Eq. ~7! for the plunger data.

FIG. 6. Model prediction of the TS of a single bubble versus depthd below
roughened air–water interface, relative to that of a single bubble in an infi-
nite medium, which here is set to 0 dB. The model predictions are based on
an acoustic frequency of 120 kHz and grazing angleu517.5 degrees, and
assumes a monopole scattering response of the bubble. The five curves
represent five rms waveheights~s! used in the calculations. Listed below
each nonzero waveheight is the corresponding value for the parameterx
52ks sinu. The case of zero waveheight~perfectly flat! is plotted as a
dotted-dashed line.
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Gaussian PDF and the effect of differing values of the rms
waveheights ranging from 0 to 10 mm is shown for a fre-
quency of 120 kHz and grazing angle of 17.5 degrees. This is
equivalent to a range of the parameterx52ks sinu of 0 to
nearlyp. The figure is for illustrative purposes only, and it is
important to note the following:~1! The bubble is assumed to
be a monopole scatterer in the absence of the air–water
boundary and thusf u5 f 180; here bothf u and f 180 are arti-
ficially set to unity, which puts the TS of the bubble in an
infinite medium equal to 0 dB.~2! Effects associated with the
finite bandwidth of the pulse are not included. For example,
the deep null near depth 2 cm for the perfectly flat case
would be filled in somewhat if bandwidth effects were in-
cluded.~3! Background noise is not included, which would
also fill in nulls but would have little effect near peaks such
as near depth 1 cm. The key points of Fig. 6 are the strong
sensitivity to mm changes in rms waveheight~this sensitivity
being frequency dependent!, and that an asymptotic rough-
surface value is quickly reached. When the rms waveheight
reaches 10 mm, the bubble TS becomes constant with depth
and is 7.78 dB greater than the TS of a single bubble in free
space. This value, equal to 10 log106, is based on the inco-
herent combination of two of the aforementioned four paths
and coherent combination of the other two paths. Finally, in
Ref. 1 it is shown thatsbs goes as sin4 (kdsinu) for a per-
fectly flat surface, and thus the first null for nonzero depth
occurs atd5p/(k sinu), or 20.6 mm for a frequency of 120
kHz and grazing angle of 17.5 degrees. According to the
model, near this key depth scattering will exhibit the greatest
sensitivity to changes in surface roughness. We thus concen-
trated our measurement effort near this region, because a
reduction in bubble radius due to dissolution necessarily lim-
ited the experimental duration to about 25 min.

Figure 7 shows the results of the wind-surface experi-
ment, for which the bubble radius was 1200mm, and Fig. 8
shows the results from the plunger-surface experiment, for
which the bubble radius was 800mm. Both rough and flat
surface measurements were made at each depth according to
the following sequence:~1! A set of 30 backscattered inten-
sities~using five-cycle pulse! were collected while the fan or

plunger source was operating, and a steady-state rough sur-
face was in effect.~2! The fan or plunger source was turned
off, and the surface returned to nearly a perfectly flat state
within a few seconds.~3! Scattering measurements were re-
peated for the flat surface condition.

The backscattered intensities were ensemble averaged
yielding an estimate ofsbs upon applying calibration con-
stants. The sequence was typically repeated four or five
times, each time producing an estimate ofsbs, then the bub-
ble’s vertical position was changed and measurements con-
tinued. This process lasted approximately 20 min. Each data
point represents the linear average ofsbs, expressed in dB,
i.e., TS. Error bars about each data point are intended to
represent the uncertainty in vertical position~vertical bars!
and the statistical variation in the acoustic measurements
~horizontal bars!. For the latter, the difference between the
minimum and maximum TS estimate within each set of es-
timates is taken to represent the probable range in the acous-
tic measurements.

Three arguments must be made in order to produce the
model curves in Figs. 7 and 8 for comparison with the acous-
tic observations. First, the finite bandwidth of the pulse of
lengthT55/120 000 s is accounted for by computing Eq.~2!
at 21 discrete frequencies,f i , separated by 1 kHz and brack-
eting the center frequency,f o5120 kHz. This frequency
spread of610 kHz represents the nominal 3-dB bandwidth

FIG. 7. Theoretical curves for scattering from a single bubble of radius 1200
mm located close to a flat~dashed lines! and wind-roughened~black lines!
air–water interface at 120 kHz, compared with experimental data plotted
with same color code. The horizontal and vertical lines through each data
point represent experimental uncertainty in the measurement. Three model
curves are shown for both the flat and roughened cases. These are based on
the incoherent addition of three estimates of the equivalent background TS
~high, low, and average! as discussed in the text, with the thicker curves
based on the average background.

FIG. 8. Theoretical curves for scattering from a single bubble of radius 800
mm located close to a flat~dashed lines! and plunger-roughened~black lines!
air–water interface at 120 kHz, compared with experimental data plotted
with same color code. Results are shown in two plots,~a! and ~b!, that
require different dynamic ranges for display. The horizontal and vertical
lines through each data point represent experimental uncertainty in the mea-
surement. The model curves incorporate an equivalent background TS as
discussed in the text.
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of the rectangular pulse. The 21 values ofsbs for a given
depth are weighted according to ((sinW)/W)2, where W
5p( f i2 f o)T, to reflect the spectrum of the pulse, and the
weighted values are then averaged to produce a~noise-free!
model estimate ofsbs at a given depthd.

Second, the fluctuating background interference level,
expressed in terms of an equivalent background or bubble-
free TS, plays an important role in the model-data compari-
son, particularly in the vicinity ofd52 cm where backscat-
tered levels approach a minimum. We frequently measured
the background level using the same aforementioned mea-
surement protocol, but without a bubble in the acoustic field.
During the time frame of the wind-surface experiment, the
equivalent background TS for when the fan was off ranged
from 280 to 275 dB, with an average of277 dB. The
equivalent background TS for when the fan was on ranged
from 274 to 268 dB, with an average of270 dB. We pos-
tulate that the higher background level while the fan was on
was due to Bragg scattering from capillary waves of wave-
length close to 6.5 mm.

Because of the orientation of the transducer with respect
to the direction of wind-generated waves~Fig. 2!, it is likely
that scattering from parasitic capillary waves riding on the
leeward face of the primary wind-generated waves~see Ref.
8! contributed to the background level. Given this condition,
it thus would have been possible to lower the background
level somewhat by using the opposite orientationvis-á-vis
the transducer look direction and wind direction. This would
have required, however, a tank about twice as long as ours in
order to place the transducer and fan at opposite ends of the
tank while placing the bubble target in the middle, with suf-
ficient separation from both transducer and fan.

In Fig. 7, the three different model curves shown for
both flat and rough surface cases incorporate the three esti-
mates for equivalent background TS~high, low, and average!
measured in each case. Background TS is incorporated into
the model by the incoherent addition of an equivalent back-
groundsbs. The thicker lines are based on the average back-
ground value ofsbs and the two thinner lines are based on
the high- and low-background values ofsbs.

During the time frame of the plunger-surface experiment
~performed about one month after the wind surface measure-
ments!, repeated measurements of equivalent background TS
for when the plunger source was either on or off averaged
273 dB with a tight distribution~60.5 dB!. Use of the
plunger source clearly knocked down the background level
associated with Bragg scattering that we observed with the
wind surface. However, the flat-surface, or quiescent, back-
ground level also increased during this period by about 4 dB.
In Fig. 8, only one model curve is shown for each of the flat
and rough-surface cases, both of which incorporate an
equivalent background TS equal to273 dB.

The third argument pertains to bubble sizing. The two
bubble radii, 1200 and 800mm, were determined acousti-
cally because these radii were too large to be sized by the
auxiliary optical procedure used on smaller bubbles.1,3 We
have confidence in these bubble-size estimates based on the
following: ~a! We conclusively verified the scattering re-
sponse of a single bubble versus depthd beneath a flat,

pressure-release surface.1 ~b! Our system was reliably cali-
brated using a reference sphere.1,3 ~c! In this work, sizing
was achieved by adjusting the flat-surface model to agree
with flat-surface measurements made in regions of expected
high backscattering. These regions were in the vicinity of
d51.5 and 2.5 cm for wind surface data in Fig. 7, andd50.5
to 1.0 cm for the plunger surface data in Fig. 8.

The results of the wind-surface experiment~Fig. 7! show
the significant effect on the scattering due to a change in rms
surface roughness of only 1 mm. Our model curves also
agree with the data, with the expectation of the two flat-
surface measurements made at a depth close to 2 cm. It is
quite possible that here the fluctuating background level is
responsible. For example, using an equivalent background
TS of 286 dB would have produced a much better agree-
ment with these two data points without changing model-
data agreement for the other flat-surface data points. Such a
background value, although not measured during the experi-
ment, is quite plausible.~For example, in the related paper1

involving similar experiments using flat surfaces conducted a
few months prior to these, the equivalent background TS was
measured to be284 dB.!

For the plunger surface experiment, about the same
number of measurements were taken. But instead of allocat-
ing the entire measurement effort to depths close to 2 cm, a
few measurements were also made at shallower depths. The
results are shown in two plots, Figs. 8~a! and~b!, that require
different dynamic ranges for display. In the case of the
plunger surface with its even smaller rms waveheight of 0.6
mm, less than 1 dB separates the models for flat and rough
surfaces. Here, too, however, the data appear to be consistent
with the model results. This can perhaps be better seen by
computing the difference in measured TS for the flat and
rough surface cases, and comparing these with an equivalent
value obtained from the model. Results are displayed in Fig.
9 where the solid line represents the decibel difference be-
tween rough and flat surface models.

IV. DISCUSSION

Of the two surfaces and their corresponding PDFs
@given by Eqs.~6! and ~7!# investigated here, the Gaussian

FIG. 9. Difference in measured TS, defined as the measured TS for plunger-
roughened surface minus that for the flat surface~circles!, compared with
equivalent values obtained from the model. The horizontal and vertical lines
through each data point represent experimental uncertainty in the measure-
ment. The model curve represents the decibel difference between plunger-
roughened and flat surface models, based on the best estimate of the equiva-
lent background TS.
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PDF from the wind surface is much more representative of
natural sea surfaces.9 From the simple expressions forR1

andR2 associated with the Gaussian PDF, it is clear that the
rms waveheights, combined with grazing angle and fre-
quency, establishes a critical parameter,x52ks sinu, that
governs the behavior of the field backscattered from a bubble
located beneath a roughened air–water interface. The param-
eter x is well known from the study of reflection and scat-
tering from rough surfaces. As Fig. 6 shows, the range over
which x has influence in this process is 0<x,p; for x.p,
there is no change in the scattering versus depth behavior for
increasing roughness. To be sure, the model developed for
this laboratory-scale work using a single bubble has little
applicability to field data. Yet, the model’s general agreement
with our laboratory data does lend credence to field models
based on the same ideas, which are themselves difficult to
explicitly verify in a field setting. Specifically, we refer to a
monostatic form,10 and bistatic form,11 of such a model; both
model forms embody the same mechanism of four paths by
which scattering can occur but assume the surface roughness
is large withx.p.

In this study, our exploration of thex parameter space
involved only small values; these being 0~flat surface!, 0.18
~plunger surface!, and 0.30~wind surface!. There were prac-
tical limitations ~set by our small tank facility and equip-
ment! that limited us to these small values, and we intend to
explore larger values ofx in future studies. In terms ofka,
our measurements were nearka5O(1). However, our re-
sults are expected to apply for the caseka!1, upon using
the more simple angle-independent complex scattering re-
sponse in Eq.~1!.

It is interesting, though, to relate the response forx50,
which we have thoroughly measured both here and
previously,1 to the response forx>p ~e.g., as shown in the
model demonstration curves displayed in Fig. 6!. For this,
we revert ~without loss of generality! to the scattering re-
sponse of a bubble of radiusa with ka!1 beneath a flat
air–water interface~modeled as a pressure-release interface!.
This response, without its factor accounting for multiple
scattering between bubble and air–water interface discussed
in Ref. 1, reduced to the compact expression

sbs~d!516u f Bu2 sin4 ~kd sinu!. ~12!

With f B set artificially to unity, Eq.~12! describes thex50
response shown in the model demonstration curves of Fig. 6.
As previously noted, the equation is periodic with a depth
cycle equal top/(k sinu). Upon taking a depth average of
sbs(d) over one cycle, the result is exactly 6u f Bu2, or 7.78
dB greater than the TS of a single bubble in the infinite-
medium case. The amplification factor of 6 is the same result
for x>p, as one would expect on the basis of energy con-
servation. Taking a depth average ofsbs(d) over an arbitrary
depth, say the characteristic depth of bubbles beneath the
air–water interface,z* , with z* @p/(k sinu), will also yield
a value very close to 6. Inclusion of the factor that accounts
for multiple scattering does not change this result.

This analysis can be repeated using the equivalent
~x50! bistatic response, also derived and evaluated experi-

mentally in Ref. 1. The bistatic response~again excluding the
multiple scattering factor! is

sbi~d!54u f Bu2FcosS kA
d

r
cosu D2cos~2kd sin u!G2

,

~13!

whereA, for aperture length, is the separation between the
centers of source and receiver.~A line originating from the
mean-still-water level at grazing angleu would intersect the
aperture at its midpoint.! Note that Eq.~13! is not valid for a
widely separated source and receiver, e.g., as in bistatic for-
ward scattering from the sea surface.@Further discussion on
the geometric approximations inherent in Eq.~13! can be
found in Ref. 1.# The equation does, however, provide the
basis to proceed with the argument that taking a depth aver-
age ofsbi(d) over the depthz* , gives

^sbi&
u f Bu2

5412
sinG

G
1OS 1

kz* sinu D , ~14!

which is governed by the parameterG, where

G5
2kAz* cosu

r
. ~15!

For G>p, depth averaging of the bistatic response yields an
amplification factor of 4, representing the incoherent addi-
tion of the four paths, as must be the case. ForG50, two of
the four paths become reciprocal, and the amplification fac-
tor of 6 results. As a practical matter, depth averages for the
two quantities,sbs in Eq. ~12! andsbi in Eq. ~13!, merge for
G,p.

Importantly, we expect the result concerning the param-
eter G to apply also to the monostatic10 and bistatic11 field
models for the contribution of near-surface bubbles to the
apparent backscattering cross section per unit area of sea
surface. The contribution from bubbles in this case repre-
sents a depth integration of their combined scattering. Both
of these field models are parametrized byb I , defined as the
depth-integrated extinction cross section per unit volume as-
sociated with bubble scattering and absorption. But in the
low-bubble-density limit (b I!1), the bistatic model, evalu-
ated in the limit of source and receiver co-location, is a factor
of 2

3 that of the monostatic model. Strictly speaking, if such a
limit is to be taken, then the result should be multiplied by
the factor 11(sinG)/2G, which itself becomes32 in the limit
of source and receiver co-location.
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When an immersed solid elastic cylinder is insonified by an obliquely incident plane acoustic wave,
some of the resonance modes of the cylinder are excited. These modes are directly related to the
incidence angle of the insonifying wave. In this paper, the circumferential resonance modes of such
immersed elastic cylinders are studied over a large range of incidence angles and frequencies and
physical explanations are presented for singular features of the frequency-incidence angle plots.
These features include the pairing of one axially guided mode with each transverse whispering
gallery mode, the appearance of an anomalous pseudo-Rayleigh in the cylinder at incidence angles
greater than the Rayleigh angle, and distortional effects of the longitudinal whispering gallery
modes on the entire resonance spectrum of the cylinder. The physical explanations are derived from
Resonance Scattering Theory~RST!, which is employed to determine the interior displacement field
of the cylinder and its dependence on insonification angle. ©2003 Acoustical Society of America.
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I. INTRODUCTION

An analysis of the ultrasonic scattering characteristics of
a cylinder may be used to determine its geometric and elastic
properties, or the boundary conditions between the cylinder
and the surrounding medium.1,2 The scattered pressure field
from a submerged cylinder contains valuable information
about the resonance modes of the cylinder. The resonance
modes of the cylinder serve as its signatures, therefore, it is
necessary to have a thorough understanding of the character-
istics of these resonance modes in order to study the proper-
ties of the cylinder. In this paper, the dependence of the
scattering spectrum and resonance modes of an immersed
solid elastic cylinder insonified by a plane acoustic wave is
explored as a function of the incidence angle of the insoni-
fying wave. Physical explanations for the dependence of the
resonance frequencies on the angle of incidence are given.
The dependence of the resonance frequencies on the angle of
incidence has never been studied to this extent before.

Earliest studies of wave scattering from cylinders, con-
ducted by Faran, dealt with normally incident compressional
waves on a submerged elastic, isotropic, and homogeneous

rod.3 A normal mode expansion technique was used; this
technique has now become relatively straightforward with
the advent of high-powered desktop computers and math-
ematical libraries such as IMSL4 and MATLAB.5 The scat-
tering spectrum consists of a number of sharp resonances,
superimposed on a relatively flat background. A physical ex-
planation for this general form of response was provided by
Resonance Scattering Theory~RST!, according to which
each resonance can be linked to the constructive interference
of a single surface wave making multiple encirclements of
the cylinder.6–8

Several researchers have explored extensions of RST to
more general cases than those studied by Faran. These in-
clude investigations on the effects of obliquely incident plane
waves,9–11 absorptive materials,12,13 multi-layered
cylinders,2,13 encasement in a solid matrix,14,15 and material
anisotropy.16,17 In each case, the method of solution follows
the same format: the wave equation is solved in cylindrical
coordinates in each medium, yielding a normal mode expan-
sion with several unknown coefficients. Boundary conditions
expressed in terms of stresses and displacements at each cy-
lindrical interface are then used to solve for the coefficients.
Extensive bibliographies and reviews of these topics can be
found in the works by Uberall,8 Gaunaurd,18 and Addison
and Sinclair.14

a!Author to whom correspondence should be addressed. Electronic mail:
sinclair@mie.utoronto.ca
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The case of obliquely incident waves holds particular
interest for a certain class of nondestructive evaluation
~NDE! problems. Fibers used in reinforced composite mate-
rials typically possess transverse isotropy. Ultrasonic charac-
terization of the axial properties of the fiber and fiber/matrix
interface requires that the incident wave impinge on the cyl-
inder at an oblique angle ofaÞ0; see Fig. 1. Similar rea-
soning applies to the characterization of transversely isotro-
pic rods such as those used in the telecommunications
industry;19 the anisotropic grain structure and stiffness prop-
erties of these rods are closely linked to their low-noise sig-
nal transmission capabilities.20

To date, a number of RST studies have been conducted
that focus on the issue of plane waves incident at oblique
angles. White’s formulation for wave scattering from an em-
bedded rod provided solutions for nonzero values ofa, how-
ever, the lack of computing power available at that time re-
stricted his numerical solutions to cases witha50.21 Many
other researchers including Flaxet al.,9 Veksler,11 Nagl
et al.,22 and Mazeet al.23 pursued this topic and demon-
strated that beside the two classes of surface waves observed
at normal incidence, i.e.,Rayleighand whispering gallery
waves, an entirely new set of surface waves, termedaxially
guidedwaves, are introduced when the incident wave vector
has a nonzero component along the axis of the cylinder.
These waves travel along helical paths with the helix angle
dependent on the phase velocity of the wave, and generate a
new set of resonant modes. Such modes are significant even
in experimental studies designed to feature normally incident
waves because a wave with a finite wave front does have
components with nonzero projection along the axis of the
cylinder. This causes guided modes to exist in almost all
practical applications. Conoiret al.24 demonstrated that the
resonance frequencies of these vibration modes generally
shift to the right as the incidence anglea is increased. Lecroq
et al. studied the scattering of waves from air-filled finite
cylindrical shells.25 They plotted the resonance curves for a
steel cylindrical shell for different resonance modes.

More recent works by Fanet al.15 and Honarvar and
Sinclair16 deal with transversely isotropic rods and relatively
small incident angles. Experimental verification of numerical

results witha.10° are difficult, as such experiments require
plane waves with a very broad wavefront. However, if one is
to assess accurately the extent of transverse isotropy in rods
designed to have enhanced axial properties, then such studies
with appreciablea values are essential. To learn more about
the nature of surface waves and resonance modes at higher
angles of incidence, one has to first consider the case of
isotropic cylinders. The focus of the current work is to in-
vestigate the resonance modes of an isotropic immersed elas-
tic cylinder over a large range of incident angles, including
values beyond critical angles.

II. THEORY

In this section, the mathematical model for the scattering
of a plane acoustic wave from an immersed elastic cylinder
is briefly reviewed. Details of this mathematical model were
already published by the authors.16 Although the model can
be used for both isotropic and transversely isotropic cylin-
ders, only isotropic materials are considered here.

Figure 1 shows an infinite monochromatic plane acous-
tic wave of frequencyv/2p incident at an anglea on a
submerged cylinder of infinite length and radiusa.

A cylindrical coordinate system (r ,u,z) is chosen with
the z-direction coincident with the axis of the cylinder. The
pressurepi of the incident plane compressional wave can be
written as

pi5 (
n50

`

«ni nJn~k'r !cos~nu!, ~1!

where «n is the Neumann factor («051 and «n52 for n
>1) andJn are the Bessel functions of the first kind of order
n, k'5k cosa, k5v/c andc is the compressional wave ve-
locity in the surrounding fluid medium. The time dependence
is suppressed.

The scattered pressure field is given by

ps5 (
n50

`

eni nAnHn
~1!~k'r !cos~nu!, ~2!

whereHn
(1) are the Hankel functions of the first kind of order

n andAn are the unknown scattering coefficients.
The displacement vector inside the cylinder is written in

terms of three scalar potential functionsf, x, andc,

u5¹f1¹3~xêz!1a¹3¹3~cêz!. ~3!

In order to satisfy the equations of motion, these poten-
tial functions must be of the form,

f5 (
n50

`

BnJn~kLr !cosnu, ~4!

c5 (
n50

`

CnJn~kTr !cosnu, ~5!

x5 (
n50

`

DnJn~kTr !sinnu, ~6!

whereBn , Cn , andDn are unknown coefficients and

FIG. 1. Geometry used for formulating the problem.
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kL5S v2

cL
2 2kz

2D 1/2

; kT5S v2

cT
2 2kz

2D 1/2

. ~7!

cL andcT are, respectively, the bulk compressional and bulk
shear wave velocities of the material andkz5k sina. The
four unknown coefficientsAn , Bn , Cn andDn can be deter-
mined by applying the four boundary conditions at the water/
cylinder interface, i.e., continuity of normal displacement
and normal stress as well as nullity of the shear stresses. This
will result in the following system of algebraic equations:

S a11 a12 a13 a14

a21 a22 a23 a24

0 a32 a33 a34

0 a42 a43 a44

D S An

Bn

Cn

Dn

D 5S b1

b2

0
0
D . ~8!

Expressions for elementsai j andbi can be found in Ref. 16.
Equation~8! can be solved for any of the unknown coeffi-
cients using Cramer’s rule. By solving Eq.~8! for An , the
scattered pressure field can be completely determined.

Resonance peaks occur at frequencies where the matrix
of Eq. ~8! becomes singular, i.e., its determinant becomes
equal to zero. The roots of this determinant are the circum-
ferential resonance frequencies of the cylinder.

The scattered pressure field is usually evaluated in the
far-field (r @a) at a fixed angleu for a range of frequencies.
The resulting far-field amplitude spectrum, which is called
the form functionis obtained from the following equation7

f `~u,ka!5S 2r

a D 1/2

pse
2 ik'r , ~9!

whereka, the product of wave number and cylinder radius, is
the normalized frequency. The form function can be written
as the sum of individual normal modes,

f `~u,ka!5 (
n50

`

f n~u,ka!5 (
n50

`
2

Aipk'a
enAn cos~nu!.

~10!

Resonance scattering theory~RST! states that the spectrum
of the returned echo consists of two distinct parts: the first
part varies smoothly with frequency and would be present
even if the cylinder were impenetrable~nonresonant back-
ground!, and the other part is the resonance spectrum which
consists of a number of resonance peaks which coincide with
the eigenfrequencies of the circumferential vibrations of the
cylinder.

For a cylindrical geometry, the nonresonant background
scattering component~rigid background in case of metal cyl-
inders! can be separated from the resonance scattering part.
For a rigid cylinder the scattering coefficientsAn

(rigid) are7

An
~rigid!~ka!52

Jn8~ka!

Hn
~1!8~ka!

. ~11!

The resonance spectrum of each mode can be obtained by
removing the rigid background,26

f n
~res!~u,ka!5

2

Aipk'a
en

An2An
~rigid!

112An
~rigid! cos~nu!. ~12!

The displacement field inside the cylinder can also be
determined by solving Eq.~8! for Bn , Cn andDn and sub-
stituting these values in Eq.~3!.

III. EFFECT OF ANGLE OF INCIDENCE ON
RESONANCE MODES

As mentioned earlier, for a solid elastic cylinder, the
form function consists of resonance spectra superimposed on
a smooth background corresponding to a rigid cylinder. The
resonance modes in the spectrum are linked to the standing
surface waves which are formed around the cylinder. The
surface waves are divided into three major types: pseudo-
Rayleigh waves, whispering gallery waves and axially
guided waves. The axially guided waves only appear when
the incident wave angle is nonzero, i.e.,aÞ0.

Figure 2 shows the form function of an aluminum cyl-
inder insonified by an obliquely incident plane acoustic wave
at a55°. Each dip in Fig. 2 is due to a certain resonance
frequency identified by the integers~n,l!. The first of these
two integers defines the mode number and the second one
indicates the eigenfrequency label for that mode;l 51 corre-
sponds to a pseudo-Rayleigh wave andl 52,3,... to whisper-
ing gallery waves. Resonances associated with axially
guided waves are designated by^n,p& where,n is the mode
number andp is the eigenfrequency label.

Figure 3 shows the resonance frequencies of an im-
mersed aluminum cylinder insonified by a plane acoustic
wave for 0°<a<40°. These resonances correspond to fre-
quencies for which the real part of the determinant of the
coefficient matrix in Eq.~8! goes to zero.7 ~Typical ratios of
imaginary to real components of the wave number are less
than 1024. Considering this small ratio, it is an acceptable
approximation to ignore the imaginary component when cal-
culating the resonance frequencies.! Figures 3~a!–3~d! show
the variation of frequencies of resonance modes with
changes in the incidence angle for different resonance
modes. Key resonance modes are labeled according to their
~n,l! or ^n,l& designation in Fig. 3~a!.

An extension to the information conveyed by Fig. 3 can
be displayed by plotting the resonance curves using Eq.~12!.
Figure 4 shows the resonance spectrum of the aluminum
cylinder corresponding toa55°. The advantage of using
Eq. ~12! is that both the center frequency and bandwidth~all
information contained in the complex frequency! of each
resonance mode are shown in Fig. 4; hence enabling the
comparison of their attenuations. In Fig. 5, we have used the
resonance spectra obtained from Eq.~12! at different inci-
dence angles for plotting the resonance curves. Figure 5 is a
top view of resonance curves plotted at different incident
angles and placed next to one another. The bandwidth of the
resonance frequencies is indicated by the thickness of the
dark lines describing the curves. It can be observed that al-
though different approaches are used for plotting Figs. 3~a!
and 5~a!, they both show the same characteristic behavior of
the resonance curves.

A. Shift of the resonance frequencies

Figures 3 and 5 show the changes in frequencies of spe-
cific resonance modes of an aluminum cylinder with increase
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FIG. 2. Form function for an aluminum cylinder ata55°.

FIG. 3. Resonance curves of an aluminum cylinder. The resonance frequencies are the roots of the real part of the coefficient matrix of Eq.~8!. ~a! n51 and
0<ka<30, ~b! n51 and 0<ka<120, ~c! n52, ~d! n53.
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of the angle of incidence. It is observed that below the sec-
ond critical angle,aT , all the resonance frequencies corre-
sponding to whispering gallery and axially guided waves in-
crease monotonically with the increase ofa, and tend to
infinity as a approaches the second critical angle,aT . A
similar behavior is observed for pseudo-Rayleigh waves with
higher mode numbers (n>2, and l 51); see Figs. 3~c! and
~d!. The pseudo-Rayleigh mode corresponding ton51 in
Figs. 3~a! and ~b! is special and will be considered in the
next section. With increase of the angle of incidence, pseudo-
Rayleigh waves approach the true Rayleigh wave~on a sub-
merged plate! and the corresponding resonance frequencies
approaches the Rayleigh angle,aR.31°.

A similar observation was reported by Conoiret al.,24

who explained the shift of resonance frequencies using the
connection between the propagation of helical surface waves
around the cylinder and formation of resonance modes.

Following the approach of Ref. 24, a physical explana-
tion for the rightward shift of all resonance frequencies with
an increase in the angle of incidence can be presented as
follows. In physical terms, a resonance indicates a standing
wave pattern. For the case of a normally incident wave, an
integral numbern of wavelengths of the corresponding wave
pattern are distributed around the circumference of the cyl-
inder such that,

ln52pa/n and kn52p/ln , ~13!

whereln andkn are the wave number and the projection of
the total wave vector in theu direction, respectively. For an
obliquely incident wave,kn can be related to the total wave
vectorkg by ~see Fig. 6!,

kn5kg cosg52p cosg/lg , ~14!

where g is the refraction angle andlg is the wavelength.
Substituting Eq.~13! into Eq. ~14!, ln can be related to the
helical wavelengthlg by

lg5ln cosg. ~15!

The resonance frequency is

f res5cph /lg , ~16!

wherecph is the phase velocity of the corresponding surface
wave. Substituting Eqs.~13! and ~15! into Eq. ~16! gives

f res5~ncph!/~2pa cosg!. ~17!

Equation ~17! shows that the resonance frequency is in-
versely proportional to cosg. For the case of immersed elas-
tic cylinders, an increase ina causes an increase of the re-
fraction angle g and consequently a decrease in cosg.
Therefore, the resonance frequencyf increases with the in-
crease of the angle of incidence,a. Wheng reachesp/2 ~i.e.,
critical angle!, the resonance frequency tends to infinity.

B. Resonance mode „1,1…

A single pseudo-Rayleigh wave corresponding to mode
(n,1) is present ata<aR whenn.1. The corresponding~2,
1! and~3, 1! modes for an immersed aluminum cylinder are
shown in Figs. 3~c! and ~d!, respectively.

The ~1, 1! resonance mode, shown in Figs. 3~a! and 5~a!
is anomalous. Curiously, this pseudo-Rayleigh mode forn
51 appears only for incident angles greater or equal toaR ,
such that one would expect that penetration of energy into
the cylinder would be impossible. The existence of reso-
nances above Rayleigh angle is reported in the literature,27

however, no physical explanation is provided. To confirm the

FIG. 4. Resonance spectrum of an alu-
minum cylinder ata55°.
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existence of this resonance mode, plots showing the ampli-
tude and phase changes at resonance frequencies correspond-
ing to various incident angles are plotted in Fig. 7 based on
Eq. ~12! for a530° anda535°. The existence of a resonant
mode beyond the second critical angle is indicated in the
phase diagram by a sudden phase shift; see Fig. 7~d!.

The pseudo-Rayleigh mode~1, 1! is alternatively re-
ferred to as the rigid-body translation mode, i.e., the cylinder
moves vertically back and forth without distortion. Figure
8~a! shows the displacement field at a cross-section of the

cylinder for the~1, 1! mode ata533°. It is observed that the
true motion is made up primarily of a common translational
component. Figure 8~b! shows the displacement field for the
same mode atka.67 anda531.24°. The corresponding
displacement field for higher order pseudo-Rayleigh modes,
e.g., ~2, 1! and ~3, 1!, at comparableka values showed a
similar displacement field, hence, indicating that all pseudo-
Rayleigh modes approach the true Rayleigh mode at high
frequencies. The reason for the upward curving of~1, 1!
mode with the increase ofa is not completely understood yet

FIG. 5. Resonance curves of an alumi-
num cylinder. This is the top view of a
three dimensional graph obtained by
plotting the resonance spectra for dif-
ferent incident angles using Eq.~12!.
~a! n51 and 0<ka<30, ~b! n51 and
0<ka<120.
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but it can be correlated to corresponding decrease in the ra-
dial component of the wave vector. In other words, if the
wavelength is larger than a certain value, this mode cannot
be directly generated.

The pressure amplitude,s rr , at the boundary of the cyl-
inder is plotted for mode~1, 1! in Fig. 9. As shown in Fig. 9,
s rr is zero atu590° andu5270° and it reaches its maxi-
mum value atu50° andu5180°, which indicates that an
external force acts in a horizontal direction on the cylinder
and causes a translational motion, see the arrows next to the
cylinder in Fig. 9.

C. Compressional whispering gallery waves

There exist two types of whispering gallery waves. The
waves in the first category are called transverse whispering
gallery waves, which feature predominantly shearing
stresses. A qualitative description of the ray paths for these
waves was presented by Uberall.28 The wave vectors point
along chords that link two points on the boundary of the
cylinder. The number of wavelengths within each chord, de-
termines the resonance mode number. A detailed mathemati-
cal analysis was given by Brekhovskikh,29 and by Dickey
et al.30 In the limit of large values ofka, the wave speed
approaches the bulk shear wave velocity.

The second category of whispering gallery waves fea-
tures predominantly normal stresses. Unlike their shearing
counterparts, the imaginary parts of these compressional
whispering gallery resonances are quite dominant and conse-
quently they are significantly attenuated. For this reason,
such resonances are not observed experimentally.30

All of the surface waves corresponding to resonance
modes shown in Figs. 3 and 5 feature predominantly shear-
ing actions. The imaginary parts of their frequencies are
small giving them very small attenuations. For example, for
the resonance frequencies shown in Fig. 3~a!, the maximum
ratio of the imaginary to real part is in the range of 1024.
Considering the transverse nature of these resonance modes,
one would expect that the first critical angle would not play
a major role in the values of resonance frequencies shown in
Fig. 3. Examination of Fig. 3, however, shows that some
curious features are observed at incident angles 0<a<aL .
These features are:

~1! Severe serpentine distortions are noted in theka2a
plots for both the transverse whispering gallery modes as
well as the guided modes within this range of lowa
values. These distortions are not random; in several lo-
cations, there is a marked deviation of two different
modes towards a specific point. A typical example is
indicated by the solid arrow in Fig. 3~a!, where both the
^1, 3& and ~1, 5! modes deviate toward the point (a
58.6°,ka522).

~2! The distortions described in item~1! form distinct pat-
terns that are clearly visible in Figs. 3 and 5. The pat-
terns consist of arcs rising vertically from the horizontal
axis, then curving to the right, and then asymptotically
approaching the linea5aL at high frequencies. Some of
the intercepts of these arcs with the horizontal axis are
indicated by block arrows in Figs. 3~b!, ~c!, and~d!.

The origin ofarc patterns mentioned above was numeri-
cally determined to be the leaky compressional whispering
gallery modes. At the complex frequencies corresponding to
these modes, the determinant of the real part of the coeffi-
cient matrix in Eq.~8! goes to zero. However, previous work
by Dickeyet al.30 showed that it is extremely difficult to find
these particular complex roots corresponding to oblique in-
cidence because a large number of roots are clustered close
together. Despite the fact that these modes are not explicitly
featured in Fig. 3, their influence is still present, i.e., reso-
nance frequencies of guided and transverse whispering gal-
lery modes are significantly distorted when they are located
close to one of the leaky compressional whispering gallery
modes. As a result, the locus of resonances corresponding to
each compressional whispering gallery mode appears as an
arcingshadowin Figs. 3~b!, ~c!, and~d!.

To verify this conclusion, based on the shadow arcs,
dispersion curves for the first three compressional whisper-
ing gallery modes are plotted corresponding to normal inci-
dence (a50). For this purpose, we use the relationcph

5(2pa f )/n, wheref is the resonance frequency in Hz and
is derived from theka values observed in Figs. 3~b!, ~c!, and
~d!. Theseka values are the normalized frequencies corre-
sponding to the first three shadow arcs ata50° in each
figure. Figure 10 shows these dispersion curves, which agree
with the results reported by Dickeyet al.30 In the limit of
high radius-to-wavelength ratio, the speed of longitudinal
whispering gallery waves approaches the speed of the longi-
tudinal lateral waves. As a result, theshadow arcsin Fig. 3
are strongly dependent on the axial stiffness of the rod; their
shapes could therefore be used to help assess the extent of
anisotropy in transversely isotropic cylinders.

It is noteworthy that an analogous behavior has been
observed by Uberallet al. in the study of the dispersion
curves of Lamb waves propagating in elastic plates.31 The
dispersion curves corresponding to symmetric and antisym-
metric modes of Lamb waves show very similar serpentine
distortions. This behavior, which is very similar to that ob-
served in our study is referred to as ‘‘repulsion of the curves’’
in Ref. 31. This similarity is consistent with the dispersive
nature of guided waves in solid cylinders and plates.32

FIG. 6. Refracted surface wave on the cylinder.
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D. Wave pairs

As seen in Fig. 3, each transverse whispering gallery
mode is paired with a single guided wave mode, such that
the two modes become indistinguishable asa approaches
aT . For small values ofa, each mode pair splits in two.
Whena50, the guided mode disappears completely, leaving
only the transverse whispering gallery component of each
pair.

The merging of these two modes at large incident angles

can be explained by considering the physics of transverse
whispering gallery and axially guided modes. Both modes
feature primarily shear action. The axially guided waves
propagate in a helical path along the axial direction of the
cylinder. The angle of each helix depends on the incidence
angle and phase velocity of the corresponding surface wave.
It has been shown by Dickeyet al.30 that in the limit when
the cylinder radius tends to infinity, the displacement fields
of the transverse/longitudinal whispering gallery modes be-

FIG. 7. Resonance mode~1, 1!: ~a!
amplitude spectrum ata530°, ~b!
phase diagram ata530°, ~c! ampli-
tude spectrum ata535°, ~d! phase
diagram ata535°.
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come the expressions for the transverse/longitudinal lateral
waves on a flat elastic half-space bounded by a fluid. As the
incident angle increases, the whispering gallery waves tend
to propagate close to the surface and along the axial direction

of the cylinder, in a manner very similar to an axially guided
wave. These two types of modes merge into one as the inci-
dent angle approaches the second critical angle. To confirm
this point, two sets of resonance modes corresponding to

FIG. 8. ~a! Displacement field at a cross section of the
aluminum cylinder for the~1, 1! mode ata533° and
ka56.05. The length of the arrow is proportional to the
amplitude of the displacement.~b! Displacement field at
a cross section of the aluminum cylinder for the~1, 1!
mode ata5aR andka.67.
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different incidence angles are selected in Fig. 3~a! and the
displacement field of each mode is plotted in Fig. 11. Within
each pair of modes, one corresponds to the axially guided
mode^1, 2& and the other to the whispering gallery mode~1,

3!. At the small incidence angle ofa55°, as shown in Fig.
11~a!, these two modes have different displacement fields. As
the incidence angle approachesaT , the corresponding dis-
placement fieldsuz anduu of the two modes become identi-

FIG. 9. Stresss rr at the boundary of
the cylinder for mode~1, 1!, the trans-
mitter is located atu5180°.

FIG. 10. Dispersion curves for the first
three groups of longitudinal whisper-
ing gallery waves.
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cal, see Fig. 11~b!, while ur fields, although equal in magni-
tude, show opposite directions. Consequently, at large inci-
dence angles, radial displacement fields of these two waves
cancel each other. Therefore, the merging of a whispering
gallery wave and its adjacent axially guided wave, at large
incidence angles, results in a guided wave propagating along
the axis of the cylinder without any radial components.

IV. CONCLUSIONS

Using Resonance Scattering Theory~RST!, the reso-
nance modes of an immersed aluminum cylinder were stud-
ied over a large range of incidence angles. With the increase
of the incidence angle, it was observed that the resonance
frequencies shift to higher frequencies in a nonuniform man-
ner. The distortion of theka2a curves at incidence angles
below the first critical angle can be attributed to modes as-
sociated with leaky compressional whispering gallery waves.
As the angle of incidence approaches the second critical
angle, resonance frequencies of both whispering gallery and
axially guided modes tend to infinity, while resonance fre-
quencies of pseudo-Rayleigh modes do not tend to infinity,

until incidence angle is close to the Rayleigh angle. The~1,
1! pseudo-Rayleigh mode behave differently and only ap-
pears at or above the Rayleigh angle. The motion of this
resonance mode is made up primarily of a common transla-
tional component and resembles the true Rayleigh wave on a
submerged cylinder. The whispering gallery and axially
guided modes observed in theka2a plots feature predomi-
nantly shear action. At large incidence angles, a whispering
gallery mode and its neighboring axially guided mode merge
together and produce similar but opposite radial displace-
ment fields such that the resultant wave does not have any
radial components.
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Whereas standard boundary element calculations focus on the forward problem of computing the
radiated acoustic field from a vibrating structure, the aim in this work is to reverse the process, i.e.,
to determine vibration from acoustic field data. This inverse problem is brought on a form suited for
solution by means of an inverse boundary element method. Since the numerical treatment of the
inverse source reconstruction results in a discrete ill-posed problem, regularization is imposed to
avoid unstable solutions dominated by errors. In the present work the emphasis is on Tikhonov
regularization and parameter-choice methods not requiring an error-norm estimate for choosing the
right amount of regularization. Several parameter-choice strategies have been presented lately, but
it still remains to be seen how well these can handle industrial applications with real measurement
data. In the present work it is demonstrated that the L-curve criterion is robust with respect to the
errors in a real measurement situation. In particular, it is shown that the L-curve criterion is superior
to the more conventional generalized cross-validation~GCV! approach for the present tire noise
studies. ©2003 Acoustical Society of America.@DOI: 10.1121/1.1529668#

PACS numbers: 43.20.Fn, 43.35.Sx, 43.60.Cg@MO#

I. INTRODUCTION

Our objective in this work is to compute the unknown
surface velocity distribution on a complex acoustic source
from measured acoustic field data. Hence, we are faced with
an inverse source problem to be solved, which involves
forming a transfer matrix relating the pressure at every field
point to the normal component of the surface velocity. In the
present work this forward modeling is done by means of a
boundary element method~BEM!. Several developments in
the area of source reconstruction involving arbitrarily shaped
geometries have been presented in the past.1 Earlier work
presented the basic concept of using BEM~mainly the direct
formulation! in reconstruction problems for setting up a
transfer matrix, while the singular value decomposition
~SVD! routine is part of the matrix inversion.2–4 More recent
work also deals with the reconstruction process based on
indirect BEM for selecting optimum field points from a set
of candidates.5 Applications involving inverse source prob-
lems based on BEM can be found, for example, within the
automotive and aerospace industry. Both interior and exterior
noise problems have been studied.6–9

Some parts of the sound field radiated by a vibrating
structure die out very quickly away from the source and
therefore contribute very little at the field microphone posi-

tions; these sound field components are often referred to as
the evanescent waves. The reconstruction of the particular
vibration patterns that create the evanescent waves will in-
volve a strong amplification of very small signal compo-
nents, and as a consequence, the inverse problem is very
sensitive to the noise and errors in the measured data. The
inverse problem is therefore said to be ill-posed.

As a consequence of the inverse problem being ill-
posed, the transfer matrix computed by the BEM is ill-
conditioned, thus requiring special treatment. In that respect,
the SVD is the preferred tool toward regularizing the ill-
posed problem. Whereas setting up the transfer matrix and
making use of its SVD is well documented, the final step of
choosing the correct amount of regularization is not fully
understood. The discrepancy principle, which usesa priori
knowledge of the measurement errors, has been used in con-
nection with Tikhonov regularization7 and Landweber
iteration.10 The generalized cross-validation~GCV! method
has also been used by several researchers in conjunction with
Tikhonov regularization, and it has been shown to produce
useful results for cases where spatially white noise contami-
nates the field data.11,12 Recent work compares several itera-
tive and direct inverse methods for near-field acoustic
holography,13 and among these we find a modified Tikhonov
approach with the discrepancy principle and the GCV used
as the parameter-choice method.

In the present work we describe an approach to the in-
verse problem based upon an indirect BEM formulation in
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b!Present address: Oticon A/S, Strandvejen 58, DK-2900 Hellerup,

Denmark.

114 J. Acoust. Soc. Am. 113 (1), January 2003 0001-4966/2003/113(1)/114/14/$19.00 © 2003 Acoustical Society of America



conjunction with Tikhonov regularization, and using the
SVD as an analysis tool. The influence of the regularization
parameter and the filtering process associated with Tikhonov
regularization is investigated by means of the L-curve, which
is a log–log plot of the solution’s norm versus the norm of
the residual vector. The L-curve,14 which is not used too
often in connection with sound source reconstruction, seeks
to determine the optimal amount of regularization, and this
method is compared to the more popular GCV method. A
practical case using a car tire and real test data demonstrates
the performance of both parameter-choice methods. In addi-
tion, a comparison with planar near-field acoustic holography
is made in order to compare the different source reconstruc-
tions.

Since the setup of the inverse acoustic source problem
uses the BEM as a workhorse, some general boundary ele-
ment issues will be discussed in Sec. II. In Sec. III we intro-
duce inverse methods based on SVD and Tikhonov regular-
ization, and different parameter-choice methods will be
introduced. Implementation issues are discussed in Sec. IV,
including how to set up the discrete ill-posed problem and
bring it on Tikhonov form. In Sec. V we demonstrate the
performance of the GCV and L-curve methods for a couple
of inverse problems involving measurement data. Two differ-
ent applications are studied; a stationary tire structure excited
by a shaker and a tire rolling at constant speed.

II. BOUNDARY INTEGRAL FORMULATIONS
OF THE FORWARD PROBLEM

An exterior acoustic forward problem is considered, that
is, only the fluid outside a vibrating source surface having an
arbitrary shape is addressed. No secondary sound sources or
obstacles exist in the exterior region. The acoustic pressure
in the fluid must satisfy the Helmholtz equation, and when
subject to the Sommerfeld radiation condition and a Neu-
mann boundary condition on the source surface, boundary
integral formulations can be found. These express the acous-
tic pressure at field points in terms of the source surface
velocity. Boundary integral equations provide a complete
formulation of the acoustic problem, thus making these equa-
tions an obvious choice in connection with radiation and/or
scattering problems involving arbitrarily shaped structures.
Moreover, they have the advantage that the infinite nature of
the exterior region is implicit in the surface representation.

The formulations are often classified as either direct or
indirect—where the direct formulation corresponds to a
Helmholtz integral equation and the numerous indirect for-
mulations are based on layer potentials. The direct formula-
tion is used more often, but it has some built-in limitations. A
serious shortcoming is the failure when it is applied to bodies
of thin shape or regular bodies with thin appendages. This
thin-shape breakdown of the direct formulation was investi-
gated extensively by Martinez15 and recently by Cutanda
et al.,16 and remedies ensuring a meaningful formulation for
thin shapes were proposed.

In this work we focus on the indirect formulations,
where the exterior acoustic field is expressed in terms of
single layers, double layers, or combined single and double

layers17–19 on the source boundaryS. For a pointP lying
strictly in the exterior region, we can express the pressurepf

by the single-layer formulation,

pf~P!52E
S
s~Q!G~P,Q!dS~Q!, ~1!

wheres(Q) is the source strength atQ on S, and subscriptf
denotes a field quantity.G(P,Q) is the free-space Green’s
function satisfying the Sommerfeld radiation condition, i.e.,
G(P,Q)5e2 jkR/4pR, where R is the distance betweenP
andQ, andk is the acoustic wave number. This formulation
can be viewed as a distribution of simple sources~mono-
poles! on the surface. The only remaining issue when solving
the exterior Neumann problem is to determine the unknown
source strengthss(Q) by matching them to the prescribed
normal surface velocitynn . While the surface pressure is a
continuous function acrossS, the surface velocitynn exhibits
a jump property and thus we can write the unknown source
densities as

s~Q!52 j vr„nn
1~Q!2nn

2~Q!…, ~2!

wherenn
1(Q) andnn

2(Q) are the velocities on the two sides
of the surface at the pointQ. Once the source strengthss(Q)
are known, we are able to find the pressure on the surface or
in the exterior by means of surface integration.

Another possibility is to express the field pressure by a
double-layer formulation,

pf~P!5E
S
m~Q!

]G~P,Q!

]nQ
dS~Q!, ~3!

wherem(Q) is the source density. This representation of the
exterior field can be viewed as a distribution of double
sources~dipoles! over S. In the double-layer representation,
the source density represents a pressure jump acrossSwith a
continuous surface velocity, and the density functionm is
written for P on S as

m~Q!5ps
1~Q!2ps

2~Q!, ~4!

whereps
1(Q) andps

2(Q) are the pressures on the two sides
of the surface at the pointQ.

A third alternative is to make use of a combined ap-
proach by mixing the two layers, ending up with a general
jump formulation that is able to model both a pressure jump
and a surface velocity jump. This jump formulation is de-
scribed in the literature as an alternative to formulations
based on the Helmholtz integral equation, and it is applicable
to thin structures frequently appearing in studies of real
structures.20,21 We can consider the mixed layer formulation
as based on vibrating thin shells with general impedance
boundary conditions on both sides of the shells.22 The versa-
tility of this general jump formulation, with the ability to
handle complex structures, has led to the implementation in
many commercial BEM codes, and it is used to study real
industrial applications. Furthermore, this formulation is at-
tractive because it can overcome the serious difficulty asso-
ciated with irregular frequencies, where the equations fail to
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provide correct and meaningful results. However, the imple-
mentation is not as straightforward as one based on the
Helmholtz integral equation.

In the present work we have chosen to work with a hard
thin-shell formulation, i.e., the same normal velocity on each
side of the surface. We thus end up with the double-layer
formulation in Eq.~3!. In order to establish the forward mod-
eling problem, we must derive a complete procedure for
computing the field pressure in the exterior region, given the
normal surface velocities everywhere on the surface. This is
done in two stages; first, the necessary ‘‘intermediate’’ source
densitym must be determined from the known normal sur-
face velocity, and then the acoustic field exterior to the sur-
face is determined from straightforward integration. In this
work we use a variational approach23 to provide the link
between the surface parameters. This link between normal
surface velocities and jump pressures is provided by consid-
ering the normal derivative ofpf on the surface. This deriva-
tive, in turn, is equal to2 j vrn̄n(P), and we obtain

2 j vrn̄n~P!5E
S
m~Q!

]2G~P,Q!

]nP ]nQ
dS~Q!, ~5!

where the surface velocityn̄n is known. Using the variational
approach, the unknown pressure jump can be evaluated
from23

2 j vrE
S
dm~P!v̄n~P!dS~P!

5E
S
E

S
dm~P!m~Q!

]2G~P,Q!

]nP ]nQ
dS~P!dS~Q!, ~6!

wheredm(P) denotes a variation in the pressure jump. Here
the hypersingularity associated with Green’s function must
be reduced to a weak singularity before the numerical inte-
gration.

Another problem occurring with BEM techniques in
practice is the mathematical breakdown of the formulation at
specific so-called critical or irregular frequencies. These spe-
cial frequencies are related to eigenfrequencies of the interior
region and will be present if an interior BEM problem is
analyzed, but they will also affect the results of an exterior
BEM analysis if no effort is made to remove their influence.
Since meaningless results can occur at the irregular frequen-
cies, we assume throughout this work that such frequencies
are avoided. A modified formulation24 based on both jump
terms, which incorporates impedance boundary conditions
on the inner surface, can be used to avoid the problems with
irregular frequencies; this feature is not included in the
present work.

III. THE INVERSE PROBLEM

Whenever a sound source reconstruction problem is
discretized—by means of BEM or other discretization
methods—a so-called discrete ill-posed problem arises. In
this section we describe how to deal with such problems.

The discretized problem can be written in general
matrix–vector form as

Ax5b, ~7!

whereA is a complex transfer matrix of dimensionm3n,
i.e., m rows andn columns. Hence, the complex vectorsx
andb are of dimensionn andm, respectively. In the follow-
ing we assume that the system is either square or overdeter-
mined, i.e.,m>n. The matrixA represents a model of the
system under investigation whileb is a data vector of known
measured values. In our work the system under study is the
radiation process from a source to a number of receivers,b
represents the response at the position of the receivers, and
the model represented byA should be ‘‘inverted’’ in order to
deduce the source descriptors inx. We will only consider
errors e on the right-hand side, while errors inA are ne-
glected. When Eq.~7! arises from discretization of an inverse
problem, A will be very ill conditioned. Consequently, a
straightforward solution of the discrete inverse problem is
not satisfactory, and special regularization techniques should
be employed in order to solve Eq.~7! in a nearby sense.

A. Singular value decomposition

Solving discrete ill-posed problems via a direct solution
approach should preferably be combined with tools that pro-
vide some kind of analysis of the specific problem at hand.
Such tools do not solve the problem itself, but will often
provide the necessary information before any next step to-
ward a useful solution of the problem is taken. When it
comes to ill-conditioned matrices, the ultimate analysis tool
seems to be the singular value decomposition~SVD!. Given
the transfer matrixA, we can write the SVD of this matrix
as25

A5USVH, ~8!

whereU is a matrix of dimensionm3n, V is n3n andS is
a diagonal matrix containingn non-negative singular values
s i in nonincreasing order. The superscriptH in Eq. ~8! de-
notes the complex conjugate transposed.

The two matricesU andV are written in the form

U5~u1¯un!, V5~v1¯vn!, ~9!

whereui ~dimensionm! andvi ~dimensionn! are called the
left and right singular vectors. An important property of
these vectors is their orthonormality, i.e.,UHU5VHV5In ,
with In the identity matrix of ordern.

The condition number~based on the 2-norm! of A can
be expressed as the ratio of the largest and the smallest sin-
gular value,25 i.e., cond(A)5s1 /sn . This quantity measures
a solution’s sensitivity to perturbations in the matrix itself as
well as on the right-hand side. When we are dealing with
ill-conditioned matrices, the range of singular values span
many orders of magnitude andA is very ill conditioned.
Some kind of filtering of the singular values must be added
to the original problem before any solution step makes sense.

The behavior of the left and right singular vectors de-
serves special attention, because any filtering relies on this
behavior. Hansenet al.26 demonstrate that the left and right
singular vectors tend to have more oscillations as the indexi
increases when the transfer matrix arises from discretization
of an inverse problem. Thus, we will assume that high-
frequency spatial information is linked to left- and right-
singular vectors having high indexi. Likewise, the vectors
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with a small index represent slowly varying functions having
few sign changes over the source surface. These consider-
ations have not been proven, but for practical problems de-
rived from integral equations they appear to be valid.

B. Tikhonov regularization

If all SVD components are taken into account, a very
oscillating solution with a huge norm is obtained due to the
error componente of the right-hand sideb. One way of
suppressing the disastrous influence of these errors is to
solve the initial ill-conditioned problem in a nearby sense
with a constraint on the size of the sought solution. The
solution size is linked to the solution smoothness, because
ignoring components with a high index will lead to a smooth
solution with reasonable size as measured by an appropriate
norm.

In mathematical form, we can write this as a minimiza-
tion problem, where the functional to be minimized involves
a residual norm and a discrete smoothing normiLx i2 acting
on the solution vector:

min
x

$iAx2bi2
21l2iLx i2

2%. ~10!

This form of regularization is known as Tikhonov regulariza-
tion, which is discussed at length, e.g., in Hansen.27 The
regularization parameterl is the only input when a suitable
smoothing norm has been defined. A possible implementa-
tion is described in Sec. IV B. Ifl50 we obtain the least-
squares problem and the unregularized solution is computed.
A large l favors a small solution size at the cost of a large
residual norm. Hence,l controls the degree to which the
sought regularized solution should fit to the measured data in
b or have a small solution size. Clearly, solving Eq.~10!
involves a trade-off between the residual norm and the solu-
tion size, and this is determined by the single parameterl.
We return to our choice ofL later.

For the choice ofL5In , the Tikhonov regularized solu-
tion can be written conveniently in terms of the SVD ofA
as27

xl5(
i 51

n s i
2

s i
21l2

ui
Hb

s i
vi . ~11!

The filtering is described by the filter factorsf i5s i
2/(s i

2

1l2). In practice, the regularization parameter is chosen to
lie between the highest and smallest singular value. Hence,
the filter gradually dampens singular values smaller thanl.

C. Parameter-choice methods

The main difficulty with regularization methods is that a
proper choice of the amount of regularization is not easily
found. Choosing the continuous parameterl in Tikhonov
regularization is not straightforward. Ideally, we would like
to determine the optimal regularization parameter such that
the computed regularized solution provides the best possible
estimate of the exact solution. The difficulty is that the exact
solution is not available. Regularization parameters that are
good approximations to the optimal ones can, however, be
estimated by means of parameter-choice methods. Williams13

used the discrepancy principle and its compensated version,
which require estimating the error normiei2 to determine
the regularization parameter. The error norm can be esti-
mated from the measurement data using the left-singular
vectors, however, a very good estimate of the error norm is
usually needed in order for the discrepancy principle to be
robust, cf. Sec. 7.7 in Ref. 27.

Hence, there is a need for parameter-choice methods that
do not require information about the error normiei2 . Here
we consider twoiei2-free methods for extracting an optimal
regularization parameter. The first method, which is very
popular, is called generalized cross-validation~GCV!. It is
based on the philosophy that an arbitrary elementbi of the
right-hand side should be predicted well by the regularized
solution, when this element is left out of the inverse problem.
This method works well if the noise is spatially white, i.e., if
the elements of the noise vector are unbiased and have the
same variance. Useful reconstructions were obtained by
Nelson11,12 for a couple of inverse source problems with ran-
dom errors representing measurement noise and using,
among other techniques, the GCV as a parameter-choice
method.

Anotheriei2-free approach to estimating the regulariza-
tion parameter in Tikhonov regularization is the so-called
L-curve criterion.14 The idea behind the L-curve is to plot the
discrete smoothing norm of the regularized solution versus
the residual norm in log–log scale, for all valid regulariza-
tion parameters. The generic form of the L-curve is plotted in
Fig. 1. The smoothing norm here isiLxli2 and the residual
norm isiAxl2bi2 , i.e., the two terms occurring in the func-
tional to be minimized in Tikhonov regularization. The shape
of the L curve can be explained by considering its different
sections. The horizontal part of the curve is characterized by
solutions that have been smoothed too much~over-
regularized!, whereas the vertical part is characterized by
solutions dominated by the effects of errors~under-
regularized!. In between these parts, we find solutions repre-
senting a balance between fitting the solution to data and
keeping the solution’s smoothing norm small. The optimum

FIG. 1. The generic L-curve form; a plot in the log–log scale of the discrete
smoothing norm versus the residual norm as a function of regularization
parameterl. From Ref. 27.
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value of the regularization parameter defined by the L-curve
criterion is at the corner of the curve, where we find a solu-
tion that has a reasonably small residual as well as a reason-
ably limited smoothing norm. We note that this is only pos-
sible in a plot in log–log scale.28 A number of simulated case
studies29 dealing with simulated noise/error sources revealed
that the L-curve criterion is more robust than the GCV
method, especially when the added noise is non-white. This
is an important finding before studying real applications,
where the noise component of the field data cannot be con-
sidered to be white.

IV. IMPLEMENTATION OF THE INVERSE SOURCE
PROBLEM

Integral formulations are usually implemented numeri-
cally by a boundary element method where the surface of the
boundary is replaced by a number of interconnected ele-
ments. These surface elements can typically be either tri-
angles or squares, and the associated interpolation functions
for the source values are typically linear or quadratic. In the
present study triangular linear elements are used for describ-
ing the geometry as well as the acoustic variables on the
surface. Hence, linear interpolation is used throughout for
the geometry as well as the acoustic parameters, and the
elements are therefore isoparametric, i.e., the same order of
shape function is used in both cases. We note the general rule
of thumb that the element size should not exceed one-fourth
of the shortest wavelength for the linear elements.

First we derive the set of matrix equations needed to
formulate the inverse problem, and we define the transfer
matrix associated with the problem. The matrices are easily
computed by means of the developed indirect BEM imple-
mentation. Subsequently, we will establish a functional ame-
nable to Tikhonov regularization that will be the type of
regularization imposed on the problem. Since the modeling
of the inverse problem is linked to the BEM in acoustics, we
will use the term Inverse Boundary Element Method~IBEM!
or inverse BEM.

A. Formation of the inverse BEM transfer matrix

We will consider the surfaceSof a closed or open struc-
ture, and normal vector on the surfaceS points into the ex-
terior. We assume thatm microphones are situated in the
exterior region of the source. Basically these microphones
can be located anywhere in this region, but some locations
may be preferred over others.5,32 For every microphone po-
sition we will then measure an acoustic pressure.

The goal of the discretization of Eqs.~3! and ~6! is to
link the m measured field pressures to an acoustic quantity
on the source surface. From the indirect formulation we first
establish the relation between the field pressurespf and the
pressure jumpm on the source surface by discretization of
the integral representation, Eq.~3!. For each boundary ele-
ment we introduce the vectorsNi and mi , which represent
the shape function for linear triangles and the nodal values of
the pressure jump distribution, respectively. This leads to the
discretized problem

pf~P!5(
i 51

e E
Si

Ni
T~Q!mi

]G~P,Q!

]nQ
dSi~Q!, ~12!

wheree is the number of boundary elements.
For each measurement point we now use Eq.~12! to

express the measured fieldpf in terms of the nodal values of
the pressure jumps. The integrals in Eq.~12! can be evalu-
ated using standard Gauss quadrature, as long as the pointP
is not too close to the source surface. Otherwise, singularities
involved in the integral formulation should be removed forP
in the very close near-field. A modified boundary element
formulation based on Helmholtz integral equation has been
reported to overcome such problems.30,31 In our case the
minimum distance between field points and source surface
for BEM calculations is set to one-half an element length.
Expressed in matrix-vector form, the discretized problem be-
comes

pf5Gm, ~13!

wherepf is a complex vector containing them field pressure
values at a specific frequency, andm is a vector with the
pressure jump values on the discretized surface containingn
nodes. Them3n transfer matrixG is notoriously ill condi-
tioned.

Rather than solving Eq.~13! for m given a known vector
pf , we will relate the field pressure vector to the normal
surface velocity vectorvn . This is done by means of the
relation between pressure jump and normal surface velocity
from the indirect boundary element formulation Eq.~6!
which, when discretized, takes the form

2 j vrdmTS E
S
N"NT dS~P! D vn

5dmTS E
S
E

S
N

]2G~P,Q!

]nP ]nQ
NT dS~P!dS~Q! D m, ~14!

or in matrix–vector form,

2 j vrBvn5Qm. ~15!

The two matricesB and Q are symmetric, i.e.,B5BT and
Q5QT.

Combining Eqs.~13! and ~15! we then obtain

pf52 j vrGQ21Bvn5Hvn . ~16!

Here, we have introduced them3n rectangular transfer ma-
trix, H52 j vrGQ21B, which is further analyzed in our
IBEM problems. A similar way of assembling a transfer ma-
trix using indirect BEM has been done by Zhanget al.5,32

SinceG is ill-conditioned for measurement points lying
strictly in the exterior, this property is carried over to the
transfer matrixH that relates the normal surface velocity at
nodes to acoustic pressure at measurement points. Note that
the assembly ofH necessitates the inverse ofQ, which will
not cause trouble as long we avoid irregular frequencies~in-
terior Neumann eigenfrequencies! for a closed structure.
Consequently, Eq.~16! represents a discrete ill-posed prob-
lem of the form studied in Sec. III. Treating irregular fre-
quencies in inverse BEM were discussed in Ref. 32 based on
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the same considerations as in Sec. II. How to solve Eq.~16!
in the nearby sense by formulating a Tikhonov problem is
discussed next.

B. Tikhonov problem

The regularization imposed in this investigation is based
on Tikhonov’s method with a parameter-choice method to
estimate the optimal regularization parameter. In general
form, the minimisation problem for Tikhonov regularization
is written as

min
vn

$iHvn2pf i2
21l2iLvni2

2%. ~17!

The discrete smoothing normiLvni2 must be chosen to pref-
erably reflect some physical quantity to be penalized, that is,
to have limited size. One such quantity could be some type
of energy associated with a vibrating thin shell since the
model is based upon shells. The equivalent kinetic energy of
the entire shell structure makes sense, since the size of this
quantity will increase dramatically if the nonradiating com-
ponents have too large an influence on the regularized solu-
tion.

The ‘‘kinetic energy smoothing norm’’ is derived by
considering the squared surface velocity over the shell sur-
face. Since we only have access to the normal component of
surface velocity, the equivalent total kinetic shell energy is
written as

E
S
unnu2 dS5E

S
nnnn* dS, ~18!

where the asterisk denotes a ‘‘complex conjugate.’’ We can
discretize this quantity using standard Gaussian quadrature
and the discretization of Eq.~18! is written as

E
S
vn

HNNTvn dS5vn
HBvn , ~19!

with the shape function vectorN, andB is similar to the one
defined via Eq.~14!.

To simplify the calculations in the Tikhonov regulariza-
tion, we may approximate the total surface functionnnnn* as
a linear function. Consequently, we end up with a diagonal
matrix D that can be considered as an approximation toB.
Using this approach, the surface integral is written as

vn
HS E

S
diag~N!dSD vn5vN

H Dvn . ~20!

Here the integrand is a sum of element areas weighted by the
shape functions. Hence, only one Gauss point for each ele-
ment integration is required. For each element integration
over Si , the value1

3Si is added on the diagonal of the area
matrix for each node participating in elementi. As a result,
the diagonal element ofD corresponding to a node in the
BEM model will contain one-third of the total area of all
elements of which the node takes part. Thus, the kinetic en-
ergy smoothing norm simply introduces an area weighting of
the nodal values. The discrete smoothing norm is now writ-
ten as

vn
H Dvn5iD1/2vni2

2, ~21!

where the regularization matrixD1/2 is found by taking the
square root of all the diagonal entries. Had our matrix not
been diagonal, Cholesky factorization would have been nec-
essary. Notice that if the element size is almost constant over
the entire mesh surface,D will be close to the identity ma-
trix, except for a multiplication constant. In that case, the
standard form (L5In) of Eq. ~17! could just as well be used.
However, for a general meshD1/2 should be used instead of
the identity matrix. Hence, the general form Tikhonov regu-
larization is rewritten in standard form and solved.29

V. CASE STUDIES

In order to demonstrate the capabilities of inverse BEM,
some real-life applications have been studied.29 The sound
sources considered and modeled are based on a real tire
structure mounted on a rim and loaded onto a drum surface.
The tire is a standard tire for passenger cars and its charac-
teristics as a source were studied as a stationary tire excited
by a shaker as well as a rolling tire with a constant speed of
80 km/h on the dynamometer.

A. Tire measurements

The measurements were recorded using a planar micro-
phone array for the side measurement, and a curved array for
close-up measurements at the front and the rear of the tire.
Moreover, four reference microphones were distributed
around the tire in order to allow the use of a scan technique
and to derive a principal component description of the sound
field. In this way, the problem of limited coherence between
individual sources is addressed. Two of these four reference
microphones were placed on the ground in front of and be-
hind the tire, while the other two microphones were located
in the air above the tire. When dealing with cross-spectral
holography techniques and sound radiation from tires, four
reference microphones seem to be sufficient.33 For the tire
side, a 636 microphone array was scanned across a plane
area with dimensions 1.730.9 m. The microphone spacing
in the horizontal and vertical direction was 0.05 m, giving a
total of 665 measurement points in the plane, which was
located 0.07 m from the sidewall of the tire. In addition, a
curved array of 12 microphones scanned the rear and front of
the tire. The curved array was scanned across the curved
surface in 13 steps with a step size of 0.05 m, thus giving
156 measurement points. The distance between the curved
array and the curved part of the tire was about 0.07 m. The
front of the tire was not measured during the standing tire
measurement, as the shaker occupied part of the space there.
In total, 821 measurement positions were made for the
shaken tire and 977 for the rolling tire. In addition to the
IBEM reconstructions, we processed the data recorded at the
tire side using Near-field Acoustic Holography as imple-
mented in the Bru¨el & Kjær STSF34,35 system. This allows
for a comparison of the transformed sound fields obtained
using IBEM and STSF. For example, we can compare the
sound field reconstructions close to the tire side obtained by
the two methods.
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In order to model the acoustic environment, a boundary
element mesh of the complete tire was made and the hard
ground is taken into account via an infinite rigid plane lo-
cated 0.05 m below the tire. The tire boundary element mesh
consists of linear triangles of maximum length 0.05 m, re-
sulting in 1052 elements and 526 nodes. The tire mesh in-
cluding meshes of the side measurement and the rear mea-
surement is shown in Fig. 2.

B. Stationary tire excited by a shaker

First, we study the inverse BEM problem for the shaken
tire at a low frequency, 100 Hz, the cross-spectral measure-
ment being made with a frequency bandwidth equal to 20
Hz. The field pressure information from the measured 821
points close to the tire surface will now be used to establish
an inverse problem, where the normal surface velocity at the
526 boundary nodes is sought. The transfer matrix is thus
overdetermined and of size 8213526. As a result of the prin-
cipal component description of the sound field, we can con-
sider each principal hologram as a field pressure distribution
and we can process the holograms individually, since they
are mutually independent~incoherent!. That is, for each prin-
cipal hologram we determine a regularized surface velocity
distribution by means of the SVD and Tikhonov regulariza-
tion, where the optimum regularization parameter is chosen
by either GCV or the L-curve criterion. The total surface
velocity level is obtained by summing the principal compo-
nent contributions on a power basis, subject to a Wiener filter

controlled by the principal autopowers. In our case the filter
has a dynamic range of 15 dB with a smooth cutoff, which
means that the first and the second principal component are
unaffected by the filter, whereas the third and the fourth prin-

FIG. 3. GCV functions processed for each principal hologram for shaker excited tire at 100 Hz.

FIG. 2. Tire mesh~1052 elements, 526 nodes! and field point mesh~821
points! for stationary tire application.
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cipal component are attenuated. In the chosen frequency
band, the autopowers of the second, third, and fourth princi-
pal component were 10, 16, and 19 dB, respectively, below
the autopower of the first principal component. Since there is
only one source mechanism~the shaker!, one would expect
only a single dominating principal component. A major rea-
son for this not happening is the rather large measurement
bandwidth. If within the measurement bandwidth the source
vibration pattern changes a lot as a function of frequency, the
different patterns will be seen to some degree as independent
sources. This could explain the existence of the principal
component, which is only 10 dB below the highest one.
Other reasons for nonzero principal components are finite-
averaging time, nonstationarity and nonlinear dynamic be-
havior of structural components.

An inspection of the SVD components~not shown here!
reveals that a regularization parameterl of the order 100 is
appropriate for each principal component. First the GCV
method was used to determine the optimuml for each prin-
cipal component, and the GCV functions are shown in Fig. 3.
It is clear that the estimated regularization parameters are too
small, thus resulting in undersmoothed solutions completely
dominated by measurement errors. Hence, the regularized
surface velocity solution obtained by this method will be
meaningless. This is surprising in the sense that the station-
ary tire excited by a shaker is the simpler one of the two
applications. The probable cause is that the measurement er-

rors are not spatially white, as assumed by the GCV method.
We mention two error types.

~1! Transducer mismatch. These errors ‘‘follow’’ the ar-
ray transducers during the scanning, and the resulting errors
in the measured sound pressure will therefore be correlated
with the true sound pressure.

~2! Transducer position errors. The measurement posi-
tions are never exactly known in the coordinate system of the
BEM model. The resulting errors in the measured pressure
will also tend to be correlated with the true pressure.

Further errors may occur as a result of the drum and as
a result of a large obstacle located close to the tire side,
which was not scanned. This obstacle was mounted to the
rim of the tire but just like the drum it is not part of the
acoustic boundary element model for the inverse analysis.

When the same problem is analyzed using the L-curve,
we get the four curves shown in Fig. 4. Especially the first L-
curve exhibits the generic shape of Fig. 1 with a well-defined
corner. Furthermore, the computed regularization parameters
are all close to 100, which agrees very well with our SVD
analysis. The dynamic range of the applied Tikhonov filters,
i.e., 20 log(s1 /lL), is 37, 33, 28 and 33 dB for principal
component one to four, respectively; herelL is the optimum
regularization parameter computed by the L-curve criterion,
and s1 is the largest singular value. The solutions obtained
by the GCV are seen to be located on the upper of the ver-

FIG. 4. L-curves corresponding to each principal hologram for a shaker excited tire at 100 Hz. The regularization parameter is marked on the curve.
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tical part of each L-curve and thereby illustrating the differ-
ences obtained for this case.

The reason for the success of the L-curve criterion is
that it does not rely on the noise being spatially white as
GCV does; also colored/correlated noise gives rise to a dis-
tinct corner on the curve. The GCV function, on the other

hand, may fail to have a suited minimum when the noise is
not spatially white.

The computed regularised surface velocity solution for
each principal component represents a principal source re-
lated to the vibrating tire structure. This total surface velocity
distribution is shown on the tire model in Fig. 5. Note that

FIG. 5. Reconstructed surface velocity for shaker excited tire at 100 Hz.

FIG. 6. Reconstructed normal particle velocity and sound pressure on a calculation plane 2 cm from the tire side of the shaker excited tire at 100 Hz. Results
for STSF~top! and IBEM using L-curve criterion~bottom!.
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only the highest 20 dB of the available data are plotted.
Since we can observe the tire from any position, we can look
at the spot where the shaker excites the tire~front!. This
reveals a significant hot spot associated with a maximum
vibration level. Further sources of vibration are found on the
rear part of the tire close to the ground and on the tire side-
wall. This surface velocity reconstruction will now be used
as boundary condition in a forward BEM problem for com-
puting the sound field close to the tire.

In order to compare the sound field reconstructions ob-
tained by IBEM and STSF, the sound pressure and the par-
ticle velocity was computed on a plane close to the tire side-
wall. Using STSF, this was done by processing the
measurement data from the plane array measurement at the
tire side, and then backward propagating the acoustic field
0.05 m onto a plane close to the tire side. A similar filtering
~15 dB dynamic range, smooth cutoff! of the individual prin-
cipal components was done, but for the regularization part a
fixed dynamic range of 30 dB was used for every principal
component. This is simply because no automatic detection of
a useful dynamic range is implemented in the current STSF
application and 30 dB is the maximum allowed range. When
using IBEM with the L-curve criterion, the principal holo-
grams were processed independently in order to obtain a set
of principal sources. These sources were then processed as
part of a forward BEM problem for computing the normal
component of the particle velocity and the acoustic pressure
over the same plane as in the STSF computation. The par-

ticle velocity and pressure distributions obtained are shown
in Fig. 6 together with the result of the STSF calculation.
Both the sound pressure level distributions and the particle
velocity distributions obtained by STSF and by IBEM~L-
curve!, see Fig. 6, are in good agreement. The levels are
almost identical and are shown using the same color bar with
the same step size. Clearly, the L-curve criterion applied to
each principal component leads to a useful reconstructed par-
ticle velocity distribution judged from the STSF calculations.
However, it would be more convincing to have the actual
measurement data for the calculation plane when doing com-
parisons.

As mentioned previously, the frequency bandwidth is
probably the major reason that we do not see only a single
nonzero principal component. Nonzero components arising
because of the bandwidth represent real sound fields and real
sources. The only error in our IBEM equations will be in the
transfer matrix and arise from the fact that we have assumed
all sound field components to be at the center frequency of
the band. But beyond the frequency bandwidth, there are
other causes for a nonzero principal component, which have
no relation to real sources. The two components dominated
by noise and errors represent a challenge to the applied regu-
larization schemes. From the computed L-curves it is clear
that the noisy principal components should be discarded
since there is nearly only a vertical part, which can easily
lead to very small regularization parameters and thus solu-
tions with a significant norm. For that reason a lower limit on

FIG. 7. GCV functions processed for each principal hologram for rolling tire at 120 Hz.
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the regularization parameter could be imposed or a sharp
principal component filter should be used. The solutions of
Fig. 6 obtained by STSF and by IBEM are dominated by the
first principal component with the highest principal auto-
power.

C. Rolling tire

A similar analysis is carried out for the rolling tire case.
One major difference between the two measurement cases is
that the rolling tire measurement includes a curved array

FIG. 8. L-curves corresponding to each principal hologram for rolling tire at 120 Hz. The regularization parameter is marked on the curve.

FIG. 9. Reconstructed surface velocity for rolling tire at 120 Hz.
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scanning of the tire front, thus providing more information
about the total sound field around the rolling tire. Again, this
curved array was located 0.07 m from the tire and scanned
with a step size of 0.05 m. By adding these front measure-
ment positions to the plane and curved array measurement
positions from the shaken tire setup, we end up with a total
of 977 measurement points.

Using the same set of four reference microphones, a
principal component description of the sound field was de-
rived. Again, we use a low frequency, this time correspond-
ing to a band of width 20 Hz centered at 120 Hz. For the
analysis, this gives us a 9773526 transfer matrix for the
rolling tire. Each of the four principal holograms at 120 Hz is
again associated with an inverse problem. Compared to the
shaken tire measurement, we will now for the rolling tire
expect some additional errors arising from the rotating drum
producing background noise, as well as wind noise induced
in the microphones due to wind from the fast rotating tire.
However, these additional error components will be rather
uncorrelated with the noise radiated from the tire, so pro-
vided they are not too large they are not expected to cause
major additional problems. A major difference from the case
of the shaked tire measurement is that now we will have four
significant principal components—all four containing infor-
mation about the noise due to tire vibration. The autopowers
of the second, third, and fourth principal component was 5,
10, and 15 dB, respectively, below the autopower of the first
principal component.

Similar to before, a SVD analysis reveals that the regu-

larization parameters for this case should be about 50. The
GCV function for each of the four right-hand sides is shown
in Fig. 7 and the computed minimum is marked. Again, the
GCV leads to severely undersmoothed solutions, as the esti-
mated regularization parameters are all far too small. It is
also noted that the GCV functions in this case start increas-
ing slowly followed by a more rapid increase, which results
in minimums on the left part of the curve. This is simply a
consequence of the noise and errors in the measurement data
and the resulting computed surface velocity distribution will
also in this case be completely meaningless.

The L-curve analysis gives the four curves shown in Fig.
8, where each curve has a distinct corner, even for this com-
plicated case. The vertical part of each curve is not strictly
vertical, indicating that the errors are far from being spatially
white. For small regularization parameters we see that the
residual norm continues to decrease when regularization is
turned further down, explaining why the GCV functions be-
have as in Fig. 7. Furthermore, the computed regularization
parameters are all close to 50 in case of the L-curve criterion,
which agrees very well with a SVD analysis. The dynamic
range of the applied Tikhonov filters is in this case 46, 46,
44, and 38 dB for principal component one to four, respec-
tively. The higher dynamic ranges for the rolling tire is be-
cause the surface velocity distribution is made up by more
SVD components as long as they are not dominated by noise.
The difference in solution between the two test cases can be
seen from Fourier coefficients; for the shaker excited tire, the

FIG. 10. Reconstructed normal particle velocity and sound pressure on calculation plane 2 cm from the tire side of the rolling tire at 120 Hz. Results for STSF
~top! and IBEM using L-curve criterion~bottom!.
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Fourier coefficientsuui
Hpf u decay more rapidly than for the

rolling tire case until they both hit a noise level.
The total surface velocity distribution on the tire model

is shown in Fig. 9, where only the highest 20 dB of the
available data are plotted. From the front and the rear of the
tire we find the strongest vibration on the tire tread, espe-
cially close to the leading~front! and the trailing edge~rear!
of the tire. Further vibration is associated with the tire side-
wall.

As with the foregoing case, we compare with results
from STSF. The reconstructed surface velocity data are fed
into a forward BEM calculation for computing the sound
field on the STSF calculation plane. The STSF calculations
are again done with a fixed dynamic range of 30 dB for each
principal component. The obtained results for particle veloc-
ity and pressure are shown in Fig. 10. In this case, there is a
slight difference in level for the particle velocity calculation,
which is due to higher dynamic ranges for the IBEM recon-
structions. On the other hand, both methods show the same
regions of maximum level. For the pressure distribution, we
obtain comparable results from the two methods. This is be-
cause the pressure distribution does not require as many high
spatial frequencies as the particle velocity distribution. The
higher dynamic ranges therefore do not have the same im-
pact. These considerations illustrate how useful is the auto-
matic (iei2-free! detection of the applicable dynamic range.

VI. CONCLUSIONS

A model of an inverse acoustic source problem was
made using the indirect variational BEM formulation de-
scribed in the first part of the paper. A transfer matrix relating
field pressures to surface velocities was formed to take part
in a Tikhonov regularization problem. The crucial part asso-
ciated with choosing the optimal amount of regularization
was discussed in the context of error-free parameter-choice
methods. The optimal amount of regularization was esti-
mated using the L-curve criterion as well as the popular
GCV method for two different tire applications. In both cases
we compared reconstructed acoustic field quantities on a
plane surface close to the tire side with data from near-field
acoustic holography~STSF!. In all our experiments, the
L-curve criterion provided realistic source reconstructions.
The reconstructed source distributions computed by means
of GCV were incorrect as a result of the complicated error
distributions contaminating the measured data. While the
GCV method is well established for reconstruction in the
presence of spatially white noise, the cases investigated in
this work demonstrate that the L-curve method may be a
better choice for practical measurements, where spatially
correlated measurement errors such as transducer phase and
position errors are present. As a consequence, the L-curve
criterion seems to be more robust than the GCV for estimat-
ing the optimal amount of regularization.
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A porous tube, comprised of a resin-coated woven fabric has recently been used as an effective
component for use in intake systems of internal combustion engines to reduce the intake noise. For
the prediction of the acoustic performance of an engine intake system with a porous woven hose, the
acoustic wall impedance of the hose must be known. However, the accurate measurement of the
wall impedance of a porous woven hose is not easy because of its peculiar acoustical and structural
characteristics. A new measurement technique is proposed herein, that is valid over the low to mid
frequency ranges. The acoustics impedance is inversely estimated from an overdetermined set of
measured pressure transmission coefficients for specimens of different lengths and the reflection
coefficient of end termination. The method involves only one measurement setup, and, as a result,
it is very simple. A variation of the proposed method, an inverse estimation method using one of the
four-pole parameters is also proposed. An error sensitivity analysis was performed to investigate the
effect of measurement error on the accuracy of the final result. The measured TL for samples with
arbitrary lengths and arbitrary porous frequency are in reasonably good agreement with values
predicted from curve-fitted impedance data. ©2003 Acoustical Society of America.
@DOI: 10.1121/1.1526664#

PACS numbers: 43.20.Mv, 43.50.Gf, 43.58.Bh@LLT #

I. INTRODUCTION

It is known that the pipe resonance of an intake system
is the major cause of intake noise in cars. Intake noise is one
of important noise control targets for achieving interior
acoustic comfort in cars, in particular, at low and major en-
gine operating speeds. In order to suppress the resonances of
the total and/or parts of the intake system, several Helmholtz
resonators and/or quarter-wavelength tube resonators are fre-
quently employed in the majority of modern engines. How-
ever, the problem in using resonators added on to the intake
system is that it becomes quite difficult to find available
vacant space in the engine compartment because of the very
compact layout used for the engine, transmission, engine ac-
cessories, structural members, and the enclosure. The vacant
spaces needed are usually larger than the other accessories in
the engine compartment and it is desirable that they do not
interact with other pipes, mechanisms, and harnesses. For
example, some resonator volumes are in excess of 4 liters.
Furthermore, often, such a tuning is required within a very
limited, short period during the final development phase of a
new car: one of the top priority issues of automotive compa-
nies is the shortening of development time for a new car.
Recently, wire-reinforced porous tubes of woven fabric

coated with acrylic resin have been introduced into the intake
systems of many internal combustion engines for purposes of
reducing noise radiated from the snorkel opening. Resona-
tors in an intake system, for suppressing acoustic resonances
and adverse effects due to installing a resonator for a fre-
quency, can be replaced by one section of a porous woven
hose.1 An added advantage of a porous woven hose is its
flexibility, which permits the system layout and isolation of
transmitted vibration to be readily achieved. It has also been
reported that, in addition to the foregoing advantageous char-
acteristics, many car manufacturers employ porous woven
hoses in order to improve the sound quality as well.2 Because
of this, the porous woven hose is now considered to be a
very promising and efficient silencing component in spite of
its relatively high cost.

Although the porous woven hose has now been adopted
in a number of engine intake systems, its acoustic perfor-
mance has not previously been predicted well because of the
difficulty in measuring the acoustic impedance. An accurate
measurement of wall impedance has not been easy because
of its peculiar acoustical and structural characteristics: flow
resistance, thickness variation due to small corrugations, lo-
cal inhomogeneities in material composition, local stiffness
variation, interlacing roughness, coating uniformity, diam-
eter, and length. Figure 1 shows a conceptual diagram of a
typical structure of a commercially available porous woven
hose.2 The goal of this study was to develop an accurate

a!Author to whom correspondence should be addressed. NOVIC, Dept. of
Mechanical Engineering, KAIST, Science Town, Taejon 305-701, Korea.
Electronic mail: ihih@sorak.kaist.ac.kr
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technique for measuring the acoustic impedance of a porous
woven hose, which can take into account its peculiar physi-
cal characteristics. When the impedance measurement is to
be carried out using an impedance tube, the porous woven
hose must be cut into the form of a circular flat specimen.3,4

In this case, structural characteristics of the wall will be al-
tered because the base structure formed by 1 mm steel cords
coated with plastics are cut and flattened: cord tension will
be relieved and porosity will be changed. Various tests had
been attempted on flat wall samples of porous woven hose,
but no reproducible data have yet been reported. This indi-
cates that acoustical impedance is dependent on permeability
effects as well as structural effects. In order to take into
account of all possible effects, the wall impedance should be
measured under normal service conditions, viz., for a cylin-
drical specimen connected between two rigid ducts.

The two-step estimation method1 is proposed for the
measurement of acoustic impedance: First, the reactance is
measured by means of a concentric measurement layout and
second, the resistance is estimated from the measured trans-
mission loss and reactance, which was measured in the first
step. In the first step, a rigid concentric chamber and two
microphones are required. In the second step, instrumenta-
tion to support on the two-microphone method5 or multiple
microphone method6 is needed and an exhaustive numerical
calculation is required following the measurements to obtain
the value of the resistance. Thus, the above method is quite
cumbersome because it involves two-stage measurements
with the two different types of instrumentation and measure-
ment layouts and the resistance estimation process. Further-
more, it cannot take the effect of mean flow into account. In
this paper, a new measurement technique is presented, which

utilizes only one measurement setup and, thus, it is relatively
simple compared with the two-step estimation method.1 In
this new method, the acoustics impedance is inversely calcu-
lated from the measured pressure transmission coefficient of
several specimens of equal porosity and the reflection coef-
ficient of the end termination. Therefore, this method is re-
ferred to as the ‘‘inverse estimation method’’ in this paper.
The other advantage of this measurement is that the appara-
tus can also be used for the direct measurement of transmis-
sion loss. The pressure transmission coefficient is expressed
by the four-pole parameters of transfer matrix and the acous-
tic impedance is then obtained iteratively from the fitting
model for the transmission coefficient. An error sensitivity
analysis is performed to investigate the effect of measure-
ment error on the accuracy of the final result. After the
present method was experimentally applied to actual hoses,
the empirical curve-fitted model of the measured impedance
was used for calculating the acoustic impedance of a hose
with an arbitrary porous frequency. A comparison between
the predicted and measuredTL is shown in order to demon-
strate the accuracy and effectiveness of the proposed tech-
nique.

II. BACKGROUND THEORY OF INVERSE
MEASUREMENT

A. Transfer matrix representation

Consider a sound field within a porous woven hose with
a mean flow as depicted in Fig. 2. An acoustic source exists
at one end of the duct and a linear passive termination is
located at the opposite end. The walls of the ductA andB are
assumed to be rigid and no active source is present inside the
whole duct system except the source loudspeaker. The sound
pressure,P, and particle velocity,u, of the plane wave propa-
gating axially inside the ductsA and B, and those of the
additional cross modes propagating inside the porous woven
hose can be written as7,8

PA~z!5PA
1 exp~2 jk1z!1PA

2 exp~ jk2z!, ~1!

uA~z!5
1

Zc
$PA

1 exp~2 jk1z!2PA
2 exp~ jk2z!%, ~2!

Pp~z!5Pp
1 exp~2 jkz

1z!1Pp
2 exp~ jkz

2z!, ~3!

FIG. 1. Typical structure of a commercially available porous woven hose
~Ref. 2!.

FIG. 2. Sound field in the porous duct system. Pressures designated with the
superscript ‘‘1’’ denotes the positive-going~i.e., downstream! waves and
those with ‘‘2’’ denotes the negative-going~i.e., upstream! waves.M de-
notes the Mach number.
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Here, the subscriptsA, B, p refer to ductA, duct B, the
porous tube, respectively, the superscripts ‘‘1’’ and ‘‘ 2’’ de-
note the incident and reflected pressures, respectively,kz

6

andkr
6 denotes the forward and backward complex propaga-

tion constants in the axial and radial direction, respectively.
P(z) denotes the acoustic pressure at positionz, u(z) the

particle velocity at positionz, k0 the free-space wave number
(k05v/c0), c0 the speed of sound,r0 the density of the
fluid medium,v the angular frequency,r i the inner radius of
porous woven hose,Zn the normal impedance atr 5r i , i.e.,
at the inner wall of porous woven hose,M the mean flow
Mach number,k1 andk2 denote the forward and backward
complex propagation constants in ductsA and B, respec-
tively. m is the shear viscosity coefficient,g the specific heat
ratio, k the heat conduction coefficient,Cp the specific heat
at constant pressure, Re the Reynolds number of the flow,C
the coefficient of friction for turbulent flow, andd is attenu-
ation constant. The origin of the attenuation constant is from
the visco-thermal and turbulent effects. Continuity of acous-
tic pressure and volume velocity for the fundamental mode at
the interfaces between the ductA/B and the porous woven
hose gives matching conditions as follows:

F PA

uASG
z50

5F Pp

upSp
G

z50
, ~12!

F Pp

upSp
G

z5L

5F PB

uBSG
z5L

. ~13!

Here,S (5pr A
25pr B

2, in the measurement setup! indicates
the cross sectional area of the inlet~with radiusr A) or outlet
~with radius r B) duct, andSp (5pr i

2) means the sectional
area of the porous woven hose. Additionally, by adopting the
acoustic pressure and volume velocity as two state variables,
the relation of acoustics variables between the inlet and out-
let of the porous woven hose can be represented as follows:

F Pp

upSp
G

z50
5FT11 T12

T21 T22
G F Pp

upSp
G

z5L

, ~14!

where the four-pole parameters7 in Eq. ~14! can be expressed
as

T115
kz

2~k02Mkz
1!exp~ jkz

1L !1kz
1~k01Mkz

2!exp~2 jkz
2L !

k0~kz
11kz

2!
, ~15a!

T125
r0c0

Sp

~k01Mkz
2!~k02Mkz

1!

~kz
11kz

2!

exp~1 jkz
1L !2exp~2 jkz

2L !

k0
, ~15b!

T215
Spkz

1kz
2

r0c0

exp~1 jkz
1L !2exp~2 jkz

2L !

k0~kz
11kz

2!
, ~15c!

T225
kz

1~k01Mkz
2!exp~1 jkz

1L !1kz
2~k02Mkz

1!exp~2 jkz
2L !

k0~kz
11kz

2!
. ~15d!

Consequently, the relation between the upstream and
downstream parameters can be obtained from Eqs.~12!–~15!
as follows:

F PA

uASG
z50

5FT11 T12

T21 T22
G F PB

uBSG
z5L

, ~16a!
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B. Relation between four-pole parameters and
pressure transmission coefficient

The pressure transmission coefficientt is defined as the
ratio between the incident and transmitted acoustic pressure.7

For a porous woven hose section with a mean flow, the pres-
sure transmission coefficientt can be derived from Eq.~16b!
in terms of the foregoing four-pole parameters as

1

t
[

PA
1

PB
1 5FS kz

6 ,L,k0 ,M ,
PB

2

PB
1D , ~17!

where

FS kz
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S
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S
2T22D . ~18!

If the downstream termination is anechoic, i.e.,PB
2/PB

150,
the TL of a porous woven hose specimen can be obtained
from Eqs.~17! and ~18! as

TL520 log10H UFS kz
6 ,L,k0 ,M ,

PB
2

PB
1 50D UJ , ~19a!

where

FS kz
6 ,L,k0 ,M ,

PB
2
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1 50D 5
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2 H T111T12

S
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1T21
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S
1T22J .

~19b!

The acoustic impedance of porous woven hose is de-
fined as the ratio between the acoustic pressure difference
across the wall and the average normal particle velocity of
the outer and inner wall.9 The relation among normal imped-
anceZn , impedance of porous woven hoseZp , and radiation
impedanceZrad, can be written as1,9

Zn

r0c0
5

pint

r0c0uint
U

r 5r i

5
r i

r o

pext

r0c0uext
U

r 5r o

1
r i1r o

2r o

Zp

r0c0

5
r i

r o

Zrad

r0c0
1

r i1r o

2r o

Zp

r0c0
, ~20!

where the subscript ‘‘int’’ refers to the interior properties of
the porous woven hose, the subscript ‘‘ext’’ its exterior prop-
erties, andr o its outer radius. Ignoring the radiation imped-
ance, Eq.~20! is reduced to1

b[
Zp

r0c0
'

2r o

r i1r o

Zn

r0c0
. ~21!

It should be noted that the radiation impedance can be ig-
nored if the total length of the porous woven hose is less than
about 0.65 m.1,9 Fortunately, in most practical service condi-
tions using porous woven hose, short tube lengths of less
than 0.65 m are used.

Note that the measured transfer function relating the
sound pressures at two sides,A andB, can be written as

Ht5
PB

11PB
2

PA
11PA

2 5
PB

1

PA
1

11RB

11RA
, ~22!

where the pressure reflection coefficients at the upstream and
downstream side, respectively, are defined as

RA5
PA

2

PA
1 , ~23a!

RB5
PB

2

PB
1 . ~23b!

Consequently, one can easily express the pressure transmis-
sion coefficientt by the measurable quantities such asRA ,
RB , Ht ,

1

t
5

PA
1

PB
1 5

1

Ht

11RB

11RA
. ~24!

C. Inverse estimation of acoustic impedance

Using the same experimental setup for the measurement
of transmission loss,t and RB can be measured. Figure 3
shows the layout used in the measurement setup, performed
for an overdetermined set ofN porous woven hose samples,
which differ in lengths but have the same porosity or
weaving/coating structure. In this study, the multiple micro-
phone method6 was adopted for the direct measurement of
in-duct acoustic properties such asTL, t, RB . Substituting
these measured in-duct acoustic properties into Eqs.~7!, ~8!,
~17!, and ~21!, the acoustic impedance can be obtained by
using the following least-square technique.10 It should be
recalled thatkz is a function ofb, i.e., t is a function of the
impedance of porous woven hose. If each of theN data can
be expressed by the following data as

S 1

t i
,k0 ,M ,Li ,RBU

i
D ~ i 51,2,...,N!, ~25!

then the problem is to compute the estimated values of the
parameters, required to minimize the following quantity:

FIG. 3. Apparatus for the measurement of in-duct acoustic characteristics of
a porous woven hose.
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F15(
i 51
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t i
2Fi~b;k0 ,M ,Li ,RBu i ! D U2

. ~26!

Here, parameterb refers to the ‘‘population value’’ as de-
fined in Eq. ~26! and the value of 1/t i

5Fi(b;k0 ,M ,Li ,RBu i) of the i th specimen refers to the ‘‘ex-
pected value.’’

By using the Taylor series expansion nearb5b0 and
truncating to the linear terms, one can obtain

F 1

t1

]

1

tN

G5F F1~b01d!

]

FN~b01d!
G>F F1~b0!

]

FN~b0!
G1dF ]F1

]b

]

]FN

]b

G
b5b0

, ~27!

whered5b2b0 . Because the perturbationd in Eq. ~27! is a
linear function inb, it can be determined from the standard
least-square sense, viz.,]F1 /]d50. This implies thatd can
be obtained by solving

Ad5Y, ~28!

where

A5F ]F1

]b

]

]FN

]b

G
b5b0

, ~29!

Y5F 1

t1
2F1~b0!

]

1

tN
2FN~b0!

G . ~30!

The least-square solution of Eq.~28! can be obtained by
using the generalized inverse as

d5~AHA!21AHY ~31a!

or

d5

(
i 51

N S ]Fi

]b
D

b5b0

* S 1

t i

2Fi~b0!D
(
i 51

N S ]Fi

]b
D

b5b0

* S ]Fi

]b
D

b5b0

. ~31b!

Here,AH denotes the Hermitian matrix ofA and the super-
script * denotes the complex conjugate. The derivatives in
Eq. ~31b! are given in Appendix A.

The actual computation is carried out in the following
manner: First, the initial estimate is assumed to beb01. d can
then be obtained from Eq.~31! and the new estimateb02 can
be obtained from the relation,b025b011d. Next, by using
the new estimateb02, the first step is repeated. This calcu-
lation loop is repeated until the errord is smaller than the

preset criterion. From this simple numerical iteration, the
population valueb5Zp /r0c0 , indicating the normalized
acoustic impedance of porous woven hose, can be obtained.

D. Alternate method: inverse estimation of
impedance from T11

In the preceding section, the acoustic impedance was
obtained by using the measured transmission coefficients of
an over-determined set of porous woven hoses with the same
weaving/coating texture but which are of different lengths.
Alternatively, one can utilize the parameterT11, which is
one of the four-pole parameters in the transfer matrix of the
porous woven hose, in a manner similar to that used in the
preceding section. In this case, the data-fitting model can be
set as

G~b;k0 ,L !5cos~kzL !, ~32!

in which each of the overdeterminedN data can be expressed
by

~T11u i ,k0 ,Li ! ~ i 51,2,...,N!. ~33!

Now, the problem is to estimate the involved parameters by
minimizing the following equation:

F25(
i 51

N

u~T11! i2Gi~b;k0 ,Li !u2. ~34!

The acoustic impedance can be estimated by solving Eq.~32!
in the same manner as utilized in the preceding section.

Equation~32! implies that the precise measurement of
T11 is crucial in the successful application of this technique.
However, it may not be of great importance, because the
measurement of four-pole parameters is one of the usual pro-
cesses used in characterizing the acoustic performance of
silencer elements. Various experimental techniques including
the experimental transfer matrix method,7 the two-source
method,11 and the two-load method12 have been widely em-
ployed in the measurement of the acoustical properties of
silencer system components. It has recently been reported
that the transfer matrix parameters can be used to evaluate
the acoustical characteristics of typical homogeneous and
isotropic porous materials.13 The acoustic reciprocity and the
symmetrical nature of the transfer matrix are key features in
the implementation of this technique in the absence of me-
dium flow. Such a concept of using the basic nature of the
transfer matrix of sound absorbing materials can be directly
applicable to the case of a porous woven hose in the absence
of mean flow. If symmetry conditions and reciprocity hold, it
follows that

T115T22, ~35!

T11T222T12T2151. ~36!

By combining Eqs.~15!, ~35!, and ~36!, T11 can be derived
directly in terms of the pressure transmission coefficientt
and the reflection coefficientsRA andRB as

T115
1

2

12RA
21t2~12RB

2 !

t~12RARB!
. ~37!
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III. RESULTS AND DISCUSSION

A. Experimental results

It should be noted that the overall physical characteris-
tics of a porous woven hose have been rated by a single-
figure parameter, which is mainly affected by the length, ra-
dius, materials, weaving quality, and coating conditions. This
parameter is referred to as the ‘‘porous frequency’’ by manu-
facturers as well as the NVH~noise, vibration, and harsh-
ness! engineers in major automotive companies around the
world.14 The porous frequency representing the overall open-
ness or porosity of the porous woven hose is given by

f p5
gP0

2p

1

VZ
5

gP0

2p

1

pr i
2L

1

DP/Q
. ~38!

Here, P0 denotes the ambient pressure,V the internal vol-
ume of hose,L the length of hose,DP the effective pressure
drop at the hose inlet relative to the ambient pressure,Q the
volume flow rate through the hose wall, andZ5DP/Q. This
parameter is typically determined at a given specific volume
flow rateQ50.026 m3/s, which corresponds to 25–40% of
the maximum flow rate of the actual intake systems of 1.5–
2.5 liter engines. Because the dimension of porous frequency
is the inverse of time, related field engineers have referred to
this as the porous frequency in Hz. However, it should be
noted that the porous frequency has no direct relation with
the ordinary frequency. For this reason, the unit Hz is not
used for the porous frequency,f p , in this paper, in order to
avoid any confusion that might occur. The interpretation of
the physical meaning of porous frequency and its precise
method of determination are described in Ref. 14.

Because the range of porous frequency typically used in
an automotive intake system is from about 100 to 600, the
experiments were performed with samples within this prac-
tical range. In the intake system of a typical engine, the mean
flow Mach number is usually below 0.1M .15 Therefore, the
experiments were performed usingM50, 0.034, and 0.081
in an anechoic chamber. Figure 3 shows the measurement
setup. A signal analyzer~B&K3560! was used to feed the
stationary random signal for the acoustic driver mounted at
one end of the duct and to calculate the spectra from the
measured signals. The acoustic transfer functions were mea-
sured with flush mounted 1/4-inch microphones~B&K
4135!. The Reynolds number of the flow was of the order of
104 at the measurement conditions used and the correlation
technique was adopted to suppress the flow-generated noise
from the turbulent flow.6 The reference sound pressure, mea-
sured at the microphone position located 1.5 m upstream to
the actual measurement sensors, was used as the reference
signal, for use in the correlation technique.

Figure 4 shows the measured impedance using the above
described method with mean flow conditions ofM50,
0.034, and 0.081. These values were measured in the fre-
quency range of 180–1500 Hz because the source power was
not sufficient below 180 Hz. In this measurement, two speci-
mens with different lengths ofL5300, 393 mm were used.
In the estimation process, the sound reflection from the end
termination was taken into account. As can be easily ex-
pected, the variation of impedance becomes large, with in-

creasing mean flow velocity. The effect of mean flow on the
resistance is significant, particularly in cases of low frequen-
cies, a long tube, and a high flow velocity. The resistance
becomes small as the frequency increases, whereas the resis-
tance is nearly constant with a change in frequency in the
absence of a mean flow. This corresponds to the fact that the
TL in the presence of mean flow is lower in the low fre-
quency range and higher in the high frequency range than the
TL obtained in the absence of a mean flow.

It should be mentioned that only a single duct could be
satisfactorily used in this inverse procedure because the num-
ber of unknown variables is equal to the number of equations
in this case. However, because of the inevitable measurement
error in almost all the measurement cases, the overdetermi-
nation technique is adopted for the purpose of reducing the
random error, which is included in the measured data. Figure
5 shows the measured values and one can clearly find that
the normalized root-mean-square error,«RMS, becomes
small as the number of specimen ducts, which are different
in length, increases. In this figure, the experimental imped-
ance value by using the seven ducts was assumed as the
reference value for the calculation of«RMS.

Figure 6 shows a comparison of the measured and pre-
dicted impedances under arbitrary conditions. The prediction
was made using the curve-fitting model described in Appen-

FIG. 4. An example of the measured acoustic impedance of porous ducts at
varying mean flow conditions (f p5300). ~a! Resistance,~b! reactance.
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dix B, which makes use of measured impedance data for the
conditions ofM50, 0.034, and 0.081, andf p5200, 400, and
600. A comparison between the predicted and measuredTL
is shown in Fig. 7 to demonstrate the effectiveness of the
proposed technique. As can be seen in Fig. 7, the predicted

TL agrees reasonably well with the measuredTL, for porous
woven hoses at arbitrarily given conditions of length (L
5480 mm), porous frequencies (f p5100,300,500), and
Mach number (M50.058). In summary, the actual compu-
tation is carried out in the following manner: First, the im-

FIG. 8. Measured pressure transmission coefficient~t! of porous ducts at
varying porous frequencies (M50, 2r i555 mm, L5300 mm). ~a! Real
part of t, ~b! imaginary part oft.

FIG. 5. Change of the normalized root-mean-square error («RMS) by varying
the employed number of ducts that are different in length (f p5400; M
50.03; L5300, 330, 360, 390, 420, 450, and 480 mm!.

FIG. 6. Comparison of the measured and predicted impedance by the use of
a curve fitting model. Symbol and thin line, measured impedance; thick line,
predicted impedance forM50.058.~a! Resistance,~b! reactance.

FIG. 7. A comparison of measured and predicted TL calculated from im-
pedance by the use of a curve fitting model. Symbols, measured TL; thick
solid lines, predicted TL (M50.058, 2r i555 mm, L5480 mm).
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pedances of several duct conditions are measured by using
the proposed measurement technique. Second, the curve-
fitting model is obtained from the impedances measured in
the first step. Third, the impedance of a porous woven hose
with an arbitrary condition is predicted by using the curve-
fitting model obtained in the second step. Last, theTL of the
porous woven hose with the arbitrary condition is predicted
from the predicted impedance obtained in the previous step.

In the absence of mean flow, the acoustic impedance can
be estimated fromt or T11, which can be obtained from the
same raw data, i.e., the transfer functions between micro-
phones as shown in Fig. 3. Figure 8 shows an example of
measured values oft for a 300 mm tube specimen, at vary-
ing porous frequencies,f p . As mentioned above, the mea-
sured transmission coefficient data for several different
lengths of tubes are the basis of further calculations, from
which the acoustic impedance can be inversely estimated.
Alternatively, one can obtainT11 from Eq.~37!, in which the
parameterst, RA , andRB are measured by using the same
experimental technique and setup as shown in Fig. 3. Figure
9 shows an example of the measuredT11 for a 300 mm tube
specimen, at varying porous frequencies. A comparison of
the acoustic impedance estimated from the two inverse esti-
mation methods, in which the calculations are based on the

measured overdetermined data, is shown in Fig. 10. Al-
though all measurement and calculation conditions for the
two methods were maintained the same, the reactance ob-
tained fromT11 fluctuates to a greater extent than that fort,
which generally indicates that the inverse estimation method
usingt is more robust. This tendency is especially prominent
for samples with low porous frequencies.

B. Simulation of error sensitivity

Because the measurement error is always influential on
the final result, the error sensitivity of the present method
was investigated numerically. An impedance pattern, for
which the trend is similar to the actual measured impedance,1

is assumed as illustrated in Fig. 11. It is also assumed that the
termination is anechoic, i.e.,RB50. The transmission coef-
ficient t of a porous woven hose section 300 mm and 393
mm in length were calculated using Eq.~17!. The simulation
result reveals that the estimated impedance is in good agree-
ment with the assumed impedance. Figure 12 shows the re-
sulting error in the estimated impedance, when a measure-
ment error of 1% is intentionally added to at value for the
L5393 mm case. It can be seen that the reactance is rela-
tively quite sensitive to input errors at low frequencies below

FIG. 9. MeasuredT11 of porous ducts at varying porous frequencies (M
50, 2r i555 mm, L5300 mm).~a! Real part ofT11 , ~b! imaginary part of
T11 .

FIG. 10. A comparison of acoustic impedances of porous ducts estimated by
the two inverse estimation methods (M50). Symbols denote the impedance
estimated from the measuredt ; thick solid lines denote the impedance
estimated from the measuredT11 . ~a! Resistance,~b! reactance.
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about 300 Hz, in particular for the sample with a low poros-
ity, whereas the resistance seems to be insensitive to the
input error.

It should be noted that the two inverse estimation meth-

ods described herein are commonly based on the transfer
function measurement method.5,6 Therefore, for the purpose
of comparison of the error sensitivity of the two methods, a
numerical simulation which takes into account the effect of
measurement error in the transfer function (Hil ) should be
performed. To this end, the acoustic impedance, which has a
similar trend with the actual measured impedance,1 is shown
in Fig. 11. When a random error of 1% is included in the
measured transfer functions, the relative errors in the imped-
ances, as estimated by two methods, turn out to be as in Fig.
13. The relative errors shown in Fig. 13 are obtained from
the root-mean-squared values of results from 500 simula-
tions. One can observe that both methods have very similar
relative error sensitivity, but, in the low frequencies, the rela-
tive error in reactance is larger than that for resistance.

IV. CONCLUSIONS

This study focused on developing a measurement tech-
nique for the acoustic impedance of a porous woven hose:
the technique overcomes the difficulties related to the pecu-
liar physical characteristics of porous woven hoses and
should permit the prediction of overall acoustic performance.
To this end, the inverse estimation method was developed,
which is valid within the frequency range of 50–1500 Hz

FIG. 11. Comparison of assumed and estimated impedances of porous ducts
for two different porous frequencies. Symbols denote the assumed imped-
ance and thick lines are estimated values from two pressure transmission
coefficients for tubes withL5300 mm andL5393 mm. An input error of
1% is included in the transmission coefficients.~a! Resistance,~b! reactance.

FIG. 12. Predicted impedance error due to a 1% measurement error in the
pressure transmission coefficient,t.

FIG. 13. A comparison of relative resultant errors due to a 1% random error
included in the measured transfer function.~a! Relative error of impedance
estimated fromt, ~b! relative error of impedance estimated fromT11 .
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without flow and of 180–1500 Hz with flow. The inverse
estimation method involved only one measurement setup, so
that it was much simpler than the previous two-step estima-
tion method.1 In the inverse estimation method, the acoustics
impedance was iteratively estimated in the least-square sense
from the overdetermined set of the measured pressure trans-
mission coefficients of the specimens and the reflection co-
efficient of termination. The other advantage of this measure-
ment method is that the measurement setup could be also
used for the direct measurement of transmission loss. A
variation of the proposed method, an inverse estimation
method using one of the four-pole parameters,T11, is also
proposed. An error sensitivity analysis was performed to in-
vestigate the effect of measurement error on the accuracy of
the final result.

The experimental results show that the effect of mean
flow on the resistance was significant, particularly at low
frequencies, for a long tube, with a high flow velocity. The
resistance becomes small as the frequency increases, whereas
the resistance is nearly constant along the frequency in the
absence of mean flow. The impedance for a sample with an
arbitrary porous frequency was predicted by means of a
curve-fitting method with measured impedance data at vari-
ous conditions. From the curve-fitting model, if the informa-
tion on mean flow, ordinary frequency, and porous frequency
~or the effective flow resistivity! of the porous woven hose is
specified, one can easily obtain the acoustic resistance and
reactance of a given hose. It was noted that the predictedTL
for porous woven hoses of an arbitrary length, arbitrary po-
rous frequencies, and arbitrary mean flow conditions are in
reasonably good agreement with the measuredTL values.
The present measurement technique could be very useful in
the acoustic analysis and design of automotive intake sys-
tems that contain a porous woven hose section. In addition,
the proposed measurement techniques can be generally ap-
plied to the acoustic duct system having a compliant wall or
having a sound-absorbing wall.
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APPENDIX A: DERIVATIVES IN EQ. „31b…

The derivatives in Eq.~31b! can be obtained as follows:
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APPENDIX B: ESTIMATION OF ACOUSTIC
IMPEDANCE AT AN ARBITRARY POROUS
FREQUENCY

The acoustic impedance of a porous woven hose must be
known in order to predict the acoustic performance of such a
hose with an arbitrary frequency or arbitrary weaving and
coating conditions or arbitrary mean flow conditions or all of
these variable conditions. The acoustic impedance for an ar-
bitrary porous frequency can be estimated by using the
curve-fitting method from the measured impedance spectra
exists as a database.1 The curve fitting model on porous fre-
quency, frequency, and Mach number is proposed as

ReS Zp

r0c0
D5$~a1M1a2! f pREF1~a3M1a4!% f

1~a5M1a6! f pREF1~a7M1a8!, ~B1!

ImS Zp

r0c0
D5$~b1M1b2! f pREF1~b3M1b4!% f

1~b5M1b6! f pREF1~b7M1b8!. ~B2!

Here, f pREF denotes the reference porous frequency for a
given specific length and radius,f is the ordinary frequency
in Hz, M is the Mach number, and the coefficientsa1–a8

andb1–b8 are constants. It should be noted that the porous
frequencies of any two porous woven hoses having same
wall properties are not the same, if their dimensions, i.e.,
length and/or diameter, are not the same.14 In this paper, the
reference length and radius of the reference porous frequency

are set as 2r iREF555 mm, LREF51 m, and P0REF

5101 300 Pa for purposes of demonstration. The coefficients
a1–a8 andb1–b8 can be obtained by regression analysis on
the measured impedance data within the practical service
conditions.

From these curve-fitting models, if the mean flow, the
ordinary frequency, and the porous frequency~or the effec-
tive flow resistivity! are specified, one can easily obtain the
acoustic resistance and reactance of a specific porous woven
hose.
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A computationally efficient model capable of simulating finite-amplitude ultrasound beam
propagation in water and in tissue from phased linear arrays and other transducers of arbitrary
quasiplanar geometry is described. It is based on a second-order operator splitting approach
@Tavakkoli et al., J. Acoust. Soc. Am.104, 2061–2072~1998!#, with a fractional step-marching
scheme, whereby the effects of diffraction, attenuation, and nonlinearity can be computed
independently over incremental steps. This approach is an extension to that of Christopher and
Parker@J. Acoust. Soc. Am.90, 507–521;90, 488–499~1991!#, wherein linear and nonlinear effects
are propagated separately over incremental steps, and the computation of the diffractive substeps are
based on an angular spectrum technique with a modified sampling scheme for accurate and efficient
implementation of diffractive propagation from nonradially symmetric sources. Results of the model
are compared with published data. Predicted field profiles for nonlinear propagation in tissue from
realistic array transducers using the pulse inversion method are presented. ©2003 Acoustical
Society of America.@DOI: 10.1121/1.1528926#

PACS numbers: 43.25.Jh, 43.80.Qf@MFH#

I. INTRODUCTION

Until recently, most medical ultrasonic devices were de-
signed with the assumption that ultrasound beams propagate
in a linear manner. The assumption of linearity, however, is
only true in the small signal limit, and in fact, many diag-
nostic and therapeutic ultrasound systems use excitations for
which the small signal approximation does not hold. Tissue
harmonic imaging is an important application, which takes
advantage of harmonics arising from tissue nonlinearity.1–6

By extracting harmonic information arising from nonlinear
propagation, tissue harmonic imaging generates a smaller
and less distributed effective sample volume, and thus offers
improved resolution and clutter suppression. Moreover, it has
been conjectured that because nonlinearities mostly culmi-
nate at the focal region of an ultrasound beam, near-field
distortions such as aberration and reverberation artifacts may
be significantly reduced.4,5 In recent years a number of clini-
cal studies have convincingly demonstrated the advantages
of tissue harmonic imaging over standard B-mode imaging.7

Central to the design and optimization of tissue har-
monic imaging systems is a firm understanding of finite-
amplitude acoustic beam propagation. Numerical modeling
allows for both qualitative understanding and quantitative
analysis of nonlinear effects in tissue. A significant obstacle
to quantitative modeling of more complex sources such as
linear arrays is the large computational burden of existing

nonlinear propagation algorithms. The primary purpose of
this paper is to present a computationally efficient model of
finite-amplitude ultrasound beam propagation in tissue from
a realistic medical ultrasound scanner. With the ability to
simulate nonlinear beam propagation from a phased array
transducer, optimal design of diagnostic and therapeutic ul-
trasound systems may be facilitated.

Many of the approaches used to simulate nonlinear ul-
trasound beam propagation in dissipative media have been
reviewed in Hamilton and Blackstock.8 Some of these are
based on the widely used KZK equation that approximately
characterizes nonlinear beam propagation in thermoviscous
fluids.9–12 Notably, Cahill and Baker13,14 used the KZK ap-
proach to simulate the nonlinear field response from a phased
array transducer in water. More recently, Li and Zagzebski15

described a KZK model for harmonic ultrasound imaging in
tissue, for a circular~axisymmetric! transducer. The viscous
loss model of the KZK equation gives rise to a quadratic
dependence of the attenuation coefficient with frequency.
However, most soft biological tissues exhibits a frequency
dependence proportional tof b, whereb is typically close to
unity. There are both time- and frequency-domain numerical
models, which enable artificial adjustment of the frequency
dependence of the medium attenuation to match the near-
linear relationship of tissue.9,15 Unfortunately, the computa-
tional burden of such approaches is considerable, especially
with nonaxisymmetric sources and pulsed excitation. Chris-
topher and Parker16,17 have developed a phenomenologicala!Electronic mail: cobbold@ecf.utoronto.ca
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model, based on propagation of the effects of attenuation,
nonlinearity, and diffraction separately over small incremen-
tal steps. Their approach is valid for arbitrary media, and has
been applied to continuous wave~cw! and pulsed as well as
axisymmetric17 and nonaxisymmetric4,18 sources. A similar
operator-splitting approach has been used by Lee and
Hamilton9 for time-domain modeling based on the KZK
equation.

Tavakkoliet al.19 have simulated highly focused sources
in both water and tissue using a time-domain second-order
operator-splitting scheme with a fractional step algorithm.
They, like Christopher and Parker, propagated the effects of
diffraction, attenuation, and nonlinearity over incremental
steps. But, because their operator-splitting scheme was of
second-order accuracy, they were able to use relatively large
steps compared to those used by Christopher and Parker.
However, in order to have a full diffraction solution, their
diffraction substep was calculated using a computationally
burdensome Rayleigh integral approach that, even with axi-
symmetric sources, took approximately 90% of the overall
computation time.

We have developed a new method for simulating non-
linear ultrasound beam propagation in tissue. In this model,
finite-amplitude propagation from nonaxisymmetric sources
may be simulated in a computationally efficient way. We use
a second-order operator-splitting technique, similar to that of
Tavakkoli et al.,19 and a much more efficient diffraction al-
gorithm based on the angular spectrum approach, akin to that
of Christopher and Parker.16

II. BASIC CONSIDERATIONS

A. Model equation and fractional step approach

In our operator-splitting scheme, the effects of diffrac-
tion, attenuation, and nonlinearity are propagated separately
over incremental distances. This technique is based on a re-
duced evolution equation, valid for one-way propagation of
quasi-plane waves, given by

]v
]z

5LA•v1LN•v1LD•v, ~1!

where LA , LN , and LD are operators representing absorp-
tion, nonlinearity, and diffraction, respectively, andv is the
particle velocity. This equation assumes that the operators
LD , LA , andLN exist such that Eq.~1! accurately describes
finite-amplitude beam propagation in tissue. Partial justifica-
tion for its use is based on the fact that by integrating the
KZK equation with respect to retarded time, a form equiva-
lent to Eq.~1! is obtained. Both theoretical and experimental
confirmation for the use of Eq.~1! stems from the efforts by
Tavakkoliet al.,19 who used this equation as a basis for their
nonlinear model and obtained reasonable agreement with ex-
periments of finite-amplitude propagation from a highly fo-
cused source in a tissue-mimicking fluid. More recently, Re-
menieras et al.20 successfully compared the theory of
Tavakkoliet al.19 with experimental results for a plane piston
transducer emitting short pulses. Moreover, Khokhlova
et al.21 have reported good agreements with their KZK cal-
culations for a cw circular piston. Finally, the approach used

by Christopher and Parker17 can be shown22 to be equivalent
to a first-order operator splitting of an equation equivalent to
Eq. ~1!. Thus, although our approach is intrinsically phenom-
enological, there is precedence for its applicability and va-
lidity.

B. Second-order operator-splitting approach

Over sufficiently small steps, the effects of diffraction,
nonlinearity, and attenuation can be assumed to be indepen-
dent. Consider first the effect of diffraction. Given the nor-
mal particle velocity field profilev(x,y,z1 ;t) across a plane
z5z1 , we may represent the field profile across planez
5z2 assuming diffractive propagation only~no nonlinearity
or attenuation! by introducing a propagation operatorGD,Dz ,
such that v(x,y,z2 ;t)5GD,Dzv(x,y,z1 ;t) where Dz5z2

2z1 is the propagation distance between the two planes. The
operatorGD,Dzv(x,y,z1 ;t) then represents a solution atz
5z11Dz to the diffraction subequation

]v
]z

5LD•v, ~2!

with the initial conditionv5v(x,y,z1 ;t). Similarly, we may
define propagation operatorsGN,Dz andGA,Dz for nonlinear-
ity and absorption, respectively. Thus,v(x,y,z2 ;t)
5GN,Dzv(x,y,z1 ;t) is a solution to the nonlinear subequa-
tion, andv(x,y,z2 ;t)5GA,Dzv(x,y,z1 ;t) is a solution to the
absorption subequation given the initial conditionv
5v(x,y,z1 ;t) on planez5z1 . The modeling methodology
used by Christopher and Parker17 can be shown22 to be
equivalent to a first-order operator-splitting scheme repre-
sented by

v~x,y,z2 ;t ![GD1A1N,Dzv~x,y,z1 ;t !

5GD1A,DzGN,Dzv~x,y,z1 ;t !1O~Dz2!, ~3!

whereGD1A1N,Dzv(x,y,z1 ;t) represents a solution atz5z1

1Dz to Eq. ~1!, andGD1A,Dzv(x,y,z1 ;t) represents a solu-
tion at z5z11Dz to the subequation

]v
]z

5LD•v1LA•v, ~4!

given the initial conditionv5v(x,y,z1 ;t). In fact, Eq.~3!
states that the combined effects of diffraction, absorption,
and nonlinearity can be approximated by a single incremen-
tal step of combined diffraction and attenuation, followed by
one step of nonlinearity.

A second-order operator-splitting scheme given by

v~x,y,z2 ;t ![GD1A1N,Dzv~x,y,z1 ;t !

5GD,Dz/2GN1A,DzGD,Dz/2v~x,y,z1 ;t !

1O~Dz3!, ~5!

was introduced by Tavakkoliet al.19 for predicting the field
produced by a highly focused lithotripsy transducer. They
used adaptive step sizes—large steps in the near field and
smaller steps in the focal region. Even for the highly nonlin-
ear pressure amplitudes produced by this source, 23 planes
out to the focal region sufficed to achieve very good agree-
ment with experimental results. In contrast, Christopher’s18
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first-order scheme required a large number of fractional steps
~hundreds or thousands! out to the focal region. Similarly,
the use of a finite difference technique to solve the KZK
equation generally requires relatively fine axial meshing.

For the reasons associated with code stability, as detailed
in Sec. II, the algorithm we developed for cw excitation of a
linear array combined nonlinearity with the attenuation sub-
steps in the manner described by Eq.~5!. However, for the
pulsed excitation described in Sec. III, we used a variation of
this second-order operator-splitting method to enable the ef-
fects of diffraction and attenuation to be combined. This al-
ternative second-order approach is expressed by

v~x,y,z2 ;t ![GD1A1N,Dzv~x,y,z1 ;t !

5GD1A,Dz/2GN,DzGD1A,Dz/2v~x,y,z1 ;t !

1O~Dz3!, ~6!

and is illustrated in Fig. 1. Here, attenuation is coupled with
the diffraction half step rather than the nonlinear substep, as
is the case in~5!. It was anticipated that considerable com-
putational savings could be obtained by taking advantage of
the larger axial steps that these second-order operator-
splitting schemes allow.

C. Diffraction algorithm

The choice of an efficient diffraction algorithm was of
prime importance in our investigations. We sought a compu-
tationally efficient approach that would be valid for plane-to-
plane propagations, where the source plane may not be axi-
symmetric and the field distribution may not be separable,
i.e., it may not be represented as the product of temporal and
spatial functions. In a fractional step-marching algorithm, the
accuracy of each step is dependent on the previous compu-
tations. To minimize magnification of errors in the propaga-
tion procedure, a diffraction algorithm reasonably accurate in
the near field is needed. Finally, the method should be able to
accurately simulate the steady state and transient response of
phased array transducers with dynamic focusing and beam
steering.

We investigated diffraction algorithms based on the fol-
lowing three methods:~i! the impulse response;~ii ! the Ray-
leigh integral; and~iii ! the angular spectrum. Because the
impulse response approach is only valid for separable

sources it was not considered further. Both the Rayleigh in-
tegral and angular spectrum methods provide full solutions
but can differ by orders of magnitude in terms of their com-
putation burden. IfNx , andNy are the number of samples in
the lateralx- and y directions, respectively, andNt is the
number of temporal samples, then the Rayleigh integral
method can be shown to have a computation burden in the
order of Nt(NxNy)

2. For the angular spectrum method~in-
cluding a 2D FFT and a 2D IFFT!, the computation burden is
on the order ofNxNyNt log2(NtNxNy/2). For example ifNx

5Ny5Nt5512, the angular spectrum method is on the order
of 104 more efficient than the Rayleigh method. The compu-
tational efficiency was the primary reason that we chose the
angular spectrum method.

Briefly, the angular spectrum method23,24 is a frequency-
domain approach, in which the fields(x,y,z0 ;v) across a
source planez0 for the spectral componentv may be de-
scribed as a spatial frequency distributionS(kx ,ky ,z0 ;v)
5I2D$s(x,y,z0 ;v)%. It can be shown that the field on a
plane a distanceDz away from a source plane is given by

s~x,y,z1 ;v!5I2D
21$S~kx ,ky ,z0 ;v!3H~kx ,ky ,Dz;v!%,

~7a!

whereH is a linear transfer function given by

H~kx ,ky ,Dz;v!5H ej DzAk22~kx
2
1ky

2
! for ~kx

21ky
2!<k2

e2DzAkx
2
1ky

2
2k2 for ~kx

21ky
2!.k2

,

~7b!

andk52p/l, wherel is the wavelength. Alternatively, the
diffractive propagation may be done by convolving the
source field distributions with a point-spread function,
h(x,y,z,Dz;v), i.e.,

s~x,y,z1 ;v!5h~x,y,Dz;v!** s~x,y,z0!, ~8a!

where

h~x,y,Dz;v!52
DzejkR

2pR2 S jk2
1

RD , ~8b!

in which R5Ax21y21Dz2. Equations~7a! and~8a! suggest
two different ways of numerically determining the field using
the discrete Fourier transform. For Eq.~7a! both the source
and transfer function are sampled in the spatial frequency
domain, whereas for Eq.~8a! the impulse response and the
source are sampled in the spatial domain.

Christopher and Parker16 and Wuet al.25,26 offer useful
details concerning the numerical implementation of the an-
gular spectrum approach for 1D or axisymmetric sources.
Methods for nonaxisymmetric continuous-wave sources are
detailed by Wuet al.27 Relatedk-space algorithms have been
used for simulating acoustic propagation in inhomogenous
media.28,29 To simulate pulse propagation and nonlinear ef-
fects, a multispectral algorithm is needed. In selecting a 2D
multispectral diffraction algorithm, we must consider the
propagation of each frequency component, and in doing so,
may choose to sample either the point-spread functionh, or
the transfer functionH. Following Christopher and Parker,16

the first approach is called the spatial sampled convolution

FIG. 1. Illustration of the fractional step-marching scheme and the operator-
splitting approach described by Eq.~6!. The acoustic field from the trans-
ducer (Tx) is propagated plane-by-plane in incremental steps. Each step
involves the propagation of diffraction~D!, attenuation~A!, and nonlinearity
~N!.
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~SSC! algorithm, and the second the frequency sampled con-
volution ~FSC! algorithm. These two approaches may have
very different consequences.

D. Sampling and aliasing issues

Before further explanation is made regarding the above
two methods, it should be noted that our approach to diffrac-
tive propagation of nonaxisymmetric sources differs some-
what from that of Christopher.18 He sampled the transfer
function in the spatial frequency domain, using small axial
increments, on the order of a wavelength or less. With small
propagation distances, convolutional wraparound error is
small. When we attempted to use larger steps, we found that
aliasing artifacts were more severe. For radially symmetric
sources, wraparound error can be greatly reduced using the
ray theory truncation.16,30 Unfortunately, we found that the
truncation scheme was not completely appropriate for non-
axisymmetric sources. Briefly, the ray theory truncation pre-
scribes a radially symmetric upper bound on the spatial fre-
quency information required to represent a field profile out to
a given lateral extent. Spatial frequency truncation is numeri-
cally advantageous, since the transfer functionH contains
information beyond this bound that is difficult to sample.
Inclusion of undersampled information beyond this bound
leads to aliasing in the convolution. For radially symmetric
sources, the convolution can be accomplished with the~dis-
crete! Hankel transform, which has only a radial dependence.
When nonaxisymmetric sources are considered the~discrete!
2D Fourier transform must be used. Thus, on attempting to
apply the ray theory truncation, we attempt to impose a ra-
dially symmetric truncation bound on a rectangular spatial
frequency domain. Aliasing and truncation errors thus come
into play when considering nonaxisymmetric sources—and
these errors are significant when using interplane step sizes
larger than a wavelength. Since we would like to use large
step sizes in order to reduce the computation burden, we
focused on choosing a sampling scheme whereby convolu-
tional wraparound errors are minimized, especially for large
propagation distances.

Wu et al.25,26 offer a concise treatment of two different
types of aliasing errors associated with numerical implemen-
tation of the~FSC! angular spectrum approach. One is the
aliasing error in the spatial frequency domain due to the dis-
crete Fourier transform~DFT! of a finite-sized source~dis-
cussed in Sec. E below!, and the other is aliasing in the
spatial domain due to inadequate representation ofH. Paral-
leling their work, we sought a numerical angular spectrum
algorithm that would minimize both types of errors.

A few crucial points should be noted in selecting an
optimal sampling scheme for the key problem of propagating
cw from a source plane to an observation plane, and in dis-
cussing these we shall denote the lateral sample spacings by
Dx and Dy. First, except for very small propagation dis-
tances~,l!, the transfer functionH is poorly behaved at loci
on or near the radiation circlek25kx

21ky
2. If the sampling

scheme is such that the spatial frequency extentkx max

52p/Dx, ky max52p/Dy of the transform domain contains
any portion of this radiation circle,H cannot be adequately

sampled, no matter what spatial frequency sampling~or
equivalently spatial extent! is used. Second,H tapers off ex-
ponentially to zero beyond the radiation circle. Third, except
for very small propagation distances~,l!, the point-spread
function h is well behaved, and may be adequately sampled
by using the Nyquist spatial sampling interval ofDx5Dy
<l/2. This last point can be understood by noting that the
spatial frequency spectrum ofh will consist of a sampled
version ofH which is infinitely wrapped around itself with a
‘‘period’’ equal to or greater than the radius of the radiation
circle, k. Thus, only the exponentially decaying evanescent
tail of H is aliased back into the spectrum, and this contribu-
tion will be negligible. Fourth, for small~subwavelength!
propagation distances,h approaches a delta function, and
cannot be sampled adequately at the Nyquist interval. In this
case, samplingH may be a better choice.

For large propagation steps, although we may sampleh
with the Nyquist interval to obtain accurate results, this may
not always be advisable from a computational point of view.
This is becausel/2 sampling is not always necessary for
adequate representation of a harmonic field profile across a
propagation plane. A smooth field profile, such as the far-
field main-lobe region of a source, will have a narrow angu-
lar spectrum, and thus the highest spectral component may
be much less thank. If the field profile can be sampled with
intervals coarser thanl/2, computationally speaking, it
would be better to find a way to also sample the propagator
functions~eitherh or H! with this same coarser sampling rate
for efficient evaluation of the convolution.

Sampling the point-spread functionh coarser thanl/2
will not suffice, because the spatial frequency spectrum will
have significant wraparound error. We may question whether
sampling H would be a better alternative. With sampling
coarser thanl/2, the radiation circle will be either exterior to
the extent of the discrete spatial frequency domain (kx max

52p/Dx, ky max52p/Dy), or partially contained within that
domain. If the radiation circle is partially contained within
the domain, samplingH will incur serious aliasing errors,
and thus our only alternative is to sampleh at Dx5Dy
<l/2. If the radiation circle is completely external to the
transform domain, samplingH in the spatial frequency do-
main can be done only if the oscillations ofH can be ad-
equately sampled.

For the given spatial extents,@Xmax,Ymax# ~see Fig. 2!

FIG. 2. Geometry of the source and observation planes.
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and the given spatial sampling intervalsDx, Dy, the ques-
tion of whether or not to sampleH then becomes a question
of deciding whether the spatial frequency sampling intervals
Dkx52p/Xmax, Dky52p/Ymax are adequate. The answer
comes from the Nyquist theorem, and is based on analysis of
the highest frequency of oscillations ofH contained within
the transform domain. Because we know the oscillations in-
crease close to the radiation circle, the highest frequency
oscillations will occur at the corners@kx max, ky max# of the
transform domain. In order to determine the required sam-
pling interval, we use Taylor series expansion to expand the
argument ofH in the neighborhood of@kx max, ky max# to ex-
press it in the form

H~kx , ky!'ej ~bxkx1byky1constant!, ~9!

wherebx and by provide a measure of the maximum fre-
quency of oscillations inH.

To determinebx andby , we note that the transfer func-
tion as given by Eq. ~7! can be written as H
5exp@ jg(kx , ky)#, where g(kx , ky)5DzAk22(kx

21ky
2). By

using a 2D Taylor expansion around@kx max, ky max#, the first-
order expression forg is

g~kx , ky!'g~kx max, ky max!1~kx2kx max!
]g

]kx
Ukx max,

ky max

1~ky2ky max!
]g

]ky
Ukx max,

ky max

.

By substituting this into Eq.~7! and comparing with Eq.~9!,
we find an expression comparable to the 1D result given as
Eq. ~5! in Ref. 26, and extended to 2D nonaxisymmetric
sources in Ref. 27, Eq.~7!

bx5
]g

]kx
Ukx max,

ky max

52
Dzkx

Ak22~kx
21ky

2!
U

kx max,
ky max

52
Dzkx max

Ak22~kx max
2 1ky max

2 !
, ~10!

with a similar result forby . Thus, according to the Nyquist
theorem the spatial sampling intervalDkx,crit that adequately
samplesH is given by

Dkx,crit<
p

2ubxu
5

pAk22~kx max
2 1ky max

2 !

2Dzkx max
, ~11!

and a similar result is obtained forDky,crit . If Dkx

52p/Xmax andDky52p/Ymax are smaller thanDkx,crit and
Dky,crit , respectively, thenH will be undersampled, requiring
that we must sampleh with a minimum interval ofl/2. Oth-
erwise, sampling of theH is feasible and advisable, since this
approach will be more computationally efficient than sam-
pling h. Figure 3 provides a summary of our angular-
spectrum sampling schemes.

As illustrated in Fig. 2 the spatial extentsXmax andYmax

are determined by~i! the desired spatial extent@6Xs ,
6Ys# of a potentially infinite extent source plane and~ii ! the
desired spatial extent@6X0 ,6Y0# in the observation plane.
The extent@6Xs ,6Ys# should contain the bulk of the en-
ergy of the propagating beam, with negligible amounts exte-
rior to this. To obtain the correct results of diffractive propa-
gation out to the observation plane, the extent of the source
plane must be zero padded out to at leastXmax>Xs1X0, and
Ymax>Ys1Y0.

In the situations when spatial domain sampling ofh is
used ~the SSC approach!, h should be sampled out to
@6Xmax,6Ymax#, and then convolved with the zero padded
sources by taking the 2D FFT of these 2D sequences, mul-
tiplying their transforms, and taking the inverse 2D FFT of
the product. The core extent@6X0 ,6Y0# will contain the
desired results, and the rim exterior to this, out to@6Xmax,
6Ymax#, will contain the convolutional wraparound error.

E. Sampling of the transducer surface in the spatial
frequency domain

Sampling the surface of a transducer can be troublesome
because undersampling of abrupt edges will lead to aliasing
errors in the spatial frequency domain. Spatial domain sam-
pling may be a reasonable approach when the bulk of the
energy in the source’s angular spectrum is within the discrete
spatial frequency domain@6kx max,6ky max#, as may be the
case for large, apodized, directional sources, or when the
observation plane is in the far field of each surface element.

An alternative approach31 that avoids the above problem
assumes linear propagation from the transducer surface to a
plane in close vicinity. The transient field on this plane can
then be calculated by using, for example, the impulse re-
sponse method.32 With this as the base source plane, the
operator approach, incorporating the angular spectrum
method, can then be used to account for nonlinear propaga-
tion. Wu et al.25 present yet another alternative based on a
discrete Sinc–Fourier transform that allows aliasing-free
computation of spatially sampled sources in the spatial fre-
quency domain.

FIG. 3. Illustrating the geometry of the spatial frequency domain and the
selection of schemes for the sampling diffraction propagator functions.
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A much simpler method can be used if an analytic form
of the 2D Fourier transform of the source aperture can be
obtained. The source can then be sampled in the spatial fre-
quency domain. In doing so, the source needs only be
sampled out to the radiation circle, or the spatial frequency
extent of the transform domain, whichever is smaller. This
approach has the advantage that aliasing artifacts from un-
dersampling of the source can be eliminated. As an example
of this approach, we consider a linear array transducer of the
type often used in ultrasound scanners. For a linear array of
N elements of heightHe , width W, and center-to-center
spacingd, the array length isD5(N21)d1W. If N is even,
the 2D Fourier transform of the aperture function can readily
be shown to be given by

S~kx ,ky!5I$j~y!rect~y/He!%

3 (
n52N/2

N/2

An

sin~Wkx!

Wkx
e2 jndkxej fn, ~12!

where, for thenth element,An is an apodization factor,ej fn

is a phase delay,j represents the complex phase delay and
apodization of a lens used for elevation plane focusing, and
rect(x)[1 for uxu<0.5 and[0 for uxu.0.5. Although they
component of the Fourier transform may be difficult to
evaluate analytically, it can be numerically calculated. In the
absence of a lens~j51! it can be analytically determined as
I$rect(y/He)%5sin(Heky)/(Heky).

III. MODELING FINITE-AMPLITUDE PROPAGATION
FROM CW SOURCES

A propagating finite-amplitude wave will undergo dis-
tortion due to convective and nonlinear effects.8 This distor-
tion gives rise to harmonics not present in the initial spec-
trum and thus, in modeling nonlinear propagation, each of
these harmonic components must be accounted for. Like
Christopher and Parker17 we used a frequency-domain tech-
nique based on the angular spectrum method and Burger’s
equation to propagate the effects of diffraction and nonlin-
earity over incremental steps. The algorithm, which provides
an iterative description of the propagating wave and incorpo-
rates the effects of attenuation, is based on that given by
Haran and Cook.33 Taking into account the effects of attenu-
ation and nonlinearity, our algorithm for the particle velocity
can be expressed as

vn~z1Dz!5vn~z!1 j
b2p f 0

2c0
2 DzF (

i 51

n21

iv ivn2 i

1 (
i 5n11

N

nv ivn2 i* G2a0~n f0!bvnDz, ~13!

whereN is the number of harmonics to be retained in the
computation process,b is the coefficient of nonlinearity,n f0

is thenth harmonic frequency, and we have assumed that the
frequency dependence of the attenuation coefficient can be
written in the general forma( f )5a0f b.

Although our model is similar to that of Christopher and
Parker,17 it has the following important differences:~i! It
uses a second-order operator splitting described by Eq.~5!:

~ii ! it uses bigger diffractive steps~@l! between propagation
planes:~iii ! it uses a novel sampling scheme to handle propa-
gation from nonradially symmetric sources:~iv! it samples
the aperture in the spatial frequency domain:~v! it combines
attenuation with the nonlinear substep, rather than combining
attenuation with the diffraction substep. Additionally, we
used several smaller nonlinear substeps for each diffractive
substep. By including attenuation in the nonlinear algorithm
and using smaller substeps, better stability was achieved—
especially in light of the large diffractive substeps allowed by
the second-order operator-splitting algorithm.

We now describe the multiharmonic diffractive propaga-
tion algorithm, which we developed. For simplicity, let us
presume that each harmonic profile has an identical planar
sampling scheme. Moreover, although it is possible to use an
adaptive gridding scheme, we found it simpler to use a uni-
form gridding scheme for each plane along the direction of
propagation.

Intuitively, one might presume that the sampling inter-
vals Dx and Dy, which are needed to represent planar dis-
tributions in propagation of harmonics, would be at most
lN/2, wherelN is the wavelength of the highest harmonic
present in the field. Although this is the interval needed to
adequately sample the point-spread functionh for step sizes
Dz.l, the harmonic profile itself may be much smoother
than this Nyquist rate requires. The second harmonic profile
in the far field of a piston source in a dissipative medium is
one example of a smooth field profile that can be adequately
sampled with intervals much less thanlN/2 ~e.g., Baker
et al.11!.

In their investigations of axisymmetric sources, Christo-
pher and Parker17 found that reasonable modeling results
could be obtained with radial sampling at spatial frequencies
far less than the Nyquist frequency of the highest harmonic.
Specifically, for focused fields involving up to 50 harmonics,
very good results were obtained using radial sampling at four
times the Nyquist frequency of the fundamental. For unfo-
cused fields, one or two times the Nyquist frequency of the
fundamental worked very well. Although their studies were
for axisymmetric sources, we found similar results for rect-
angular sources. If the minimum spatial sampling frequency
that will yield a convergent solution isg times the Nyquist
frequency of the fundamental, then our results indicate that
in a medium with moderate nonlinearity and dissipation
characteristics typical of most tissues,g is typically in the
range 1 to 4, though they will vary for different scenarios.

Once the lateral sampling frequencies have been chosen,
each harmonic profile must be propagated an incremental
distance using either the FSC or the SSC algorithms. Based
on the analysis in Sec. I D, a reliable way of choosing
whether to sampleh or to sampleH can be specified. If the
source plane harmonic profiles are sampled atg times the
Nyquist rate of the fundamental then, for harmonicsn.g,
the discrete spatial frequency transform domain will be com-
pletely inside the radiation circleskn

25kx
21ky

2, wherekn is
the magnitude of the wave vector for thenth harmonic. Thus,
if the lowest harmonic satisfyingn.g is denoted bynH ,
then for higher harmonics such thatn>nH it will be possible
to sampleH at the same frequency as the angular spectrum
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of the source. For lower harmonics satisfyingn<nH21,
samplingH is not advisable since convolutional wraparound
can occur, which may give erroneous results with the FSC
algorithm. Exceptions to this hypothesis may occur when
either the propagation distance is small compared to the har-
monic wavelength, or when the angular spectrum of the
source plane is very narrow. The minimum harmonicnH for
which samplingH is reliable can be obtained by first ex-
pressing Eq.~11! in terms of thenth wave number,kn . This
equation can then be used to find the minimum harmonic
number,nH , for which frequency domain sampling ofH will
give accurate results, given the chosen sampling extents and
intervals. It is given by

nH5A~2DzgDkx /p!212g2, ~14!

whereg5kx max/k0. By selectively using either the SSC or
the FSC algorithms in this way, the accuracy of the diffrac-
tive substeps can be optimized while minimizing computa-
tional cost.

A. Comparison with published data for propagation
in water

To verify that our algorithm accurately models nonlinear
propagation, we compared our predictions to published the-
oretical and experimental results, examples of which will be
shown. In Fig. 4~a! our lateral profile results for propagation
from a plane piston in water are compared to the experimen-
tal and KZK simulation results of Bakeret al.11 Figure 4~b!
provides a comparison with the predictions of Christopher
and Parker.17 For our simulations just 20 propagation planes
were used, which should be compared to that Bakeret al.
who used a smaller step size in their finite difference code
corresponding to over 1000 planes. On the other hand, Chris-
topher and Parker used small steps~about 20 per cm! which
would correspond to 550 axial steps for the results shown in
Fig. 4~b!. For our model, both figures show that the funda-
mental drops off at around 35 mm on either side of the main
lobe. This is because we applied a window taper between 35
and 40 mm to reduce errors associated with abrupt truncation
of an infinite-extent field. Except for this, our results and the
published data are in excellent agreement.

B. Comparison with the KZK for propagation in tissue

The attenuation of soft tissue is much greater than that
for water, and as a result the computational burden should be
much reduced. This is because increasing attenuation with
frequency requires that fewer harmonics need be retained in
order to maintain sufficient accuracy and stability. In order to
assess our approach, we compared our results with the KZK
results of Averkiouet al.34 for a 2-MHz focused disk trans-
ducer propagating into a tissue-like medium, whose attenua-
tion depends on frequency (b51.1). Other details are given
in the caption for Fig. 5. For our simulations, we sampled the
aperature in the spatial domain, and, like Averkiouet al.,
modeled the focused disk as a plane piston with a complex

spherical phase weighting function ofejkAF21r 2
, whereF is

the focal distance. For the results shown in Figs. 5~a! and~b!,
only 5 harmonics were retained, and just 20 propagation
planes were used with a lateral sampling of 2.1 times the
Nyquist frequency of the fundamental. For Fig. 5~c!, 100
propagation planes were used so as to capture the axial varia-
tions of the harmonics, especially in the near field. The deep
nulls which are seen in the results of Averkiouet al.,34 but
not in ours, are due to their finer axial sampling intervals.

Our model avoids the parabolic approximation used in
the KZK model for diffraction calculation. However, like the
KZK model, we have used the plane impedance relation in
order to relate the pressure on a plane~subsequent to the
transducer surface! to the normal component of the particle
velocity. This approximation is of the same order as the para-
bolic approximation. Consequently, the accuracy of our
model should at least be comparable to that of the KZK
model for both near- and far-field calculations not too far
off-axis. However, far off-axis for focused sources, our tech-
nique may be more accurate than the KZK, since this is
where the parabolic approximation fails. Evidence to support
this can be obtained from Figs. 5~a! and ~d!. It should be
noted that in Fig. 5~a! considerable differences exist off-axis
between our model and that of Averkiouet al. In particular,
the nulls in the fundamental sidelobes are not in the same
location. Like Averkiouet al., we used the same complex
apodization function to simulate focusing, which is consis-

FIG. 4. Lateral profiles comparing the results of our model~thick gray lines! for the first three harmonics~1, 2, and 3! in water, from an unfocused 1.9-cm
radius piston at 2.25 MHz and a source pressure amplitude of 100 kPa. The following additional parameters as given by Bakeret al. ~Ref. 11! were used:
a525310215 Np/~m3Hz2), c51486 m/s, andb53.5.~a! Comparison to the experimental~black solid lines! and the KZK model~black dashed lines! results
of Bakeret al. at an axial distance of 50 cm.~b! Predictions of Christopher and Parker~Ref. 17! ~black solid lines! at an axial distance of 27.5 cm using the
same set of parameters.
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tent with a Fresnel approximation. As shown in Fig. 5~d!, we
checked our results at low amplitudes with the well-known
Fresnel approximation for a focused disk transducer, first ob-
tained by O’Neil,35 and found excellent agreement. Further-
more, the nulls in the sidelobes of Fig. 5~a! corresponded
exactly with the location of zeros of the Bessel function used
in the Fresnel approximation. Thus, our model, based on the
second-order operator-splitting scheme, may offer a new way
of improving the accuracy while maintaining or improving
computational efficiency.

C. Nonlinear propagation in tissue from a cw linear
phased array

We now consider a 64-element 2-MHz linear phased ar-
ray with no beam steering, no apodization, but with an el-
evation plane lens (F54.0 cm) and the following dimen-
sions: H520 mm, W5l/2, d53l/4, D537 mm. The
spatial frequency-domain sampling approach as outlined in
Sec. I D was used. Only five harmonics were retained in this
cw simulation, where lateral sampling was done at 1.5 times
the Nyquist rate of the fundamental, and 50 planes were used
in the axial direction out to the focal region. Shown in Figs.
6 and 7 are the simulated azimuthal (x–z) and elevation
(y–z) pressure profiles. As expected, the main-lobe region
of the harmonics is much narrower than the fundamental.
Moreover, the harmonic sidelobes drop off much faster com-
pared with the fundamental. In phased array B-mode imag-
ing, fundamental sidelobes have been known to be particu-
larly troublesome, causing clutter artifacts. For harmonic
sidelobes, however, it seems that attenuation dominates over
nonlinearity, and thus, clutter artifacts may be reduced by
using the harmonic signal. There is notable harmonic
build-up off-axis before the focal region, which may be
troublesome for imaging purposes. Moreover, as seen in Fig.
6~a!, the last maximum in the focal region is slightly closer

to the transducer than the 4-cm mark. As previously noted
for a piston transducer,10,36 this can occur if the fundamental
band is donating energy to higher harmonics more quickly
than it can be focused. A possible misconception concerning
one of the advantages of harmonic imaging arises from the
belief that the main lobe of the second harmonic beam pro-
file is narrower than the main lobe of the profile generated by
direct linear excitation at the second harmonic frequency. To
illustrate this issue, we consider a linear array with the di-
mensions given in the caption to Fig. 8 excited nonlinearly at
2 MHz at a pressure amplitude of 347 kPa. At the focal depth
of 10 cm the azimuth and elevation second harmonic lateral
profiles are represented by black curves in Figs. 8~a! and~b!,
respectively. On the other hand, gray curves in the figures are
fundamental profiles when the same array is excited at 4
MHz in the absence of any nonlinear propagation. The azi-
muthal main-lobe profile is narrower than the second har-
monic profile; however, the sidelobes of the harmonic profile
drop off much faster than the 4-MHz fundamental profile,
since attenuation likely dominates over nonlinearity in this
region. This characteristic would be of considerable impor-
tance in the performance of tissue harmonic imaging sys-
tems.

IV. NONLINEAR DISTORTION FOR PULSED
EXCITATION

Our approach to modeling nonlinear pulse propagation
differs from the cw method described above. Because a time-
domain nonlinear algorithm was chosen, it was more effi-
cient to combine diffraction and attenuation and to use the
second-order operator-splitting scheme given by Eq.~6!. In
order to model pulsed propagation the operators in this equa-
tion will be time dependent, similar in principle to the time-
domain KZK operator splitting technique of Lee and
Hamilton.9

FIG. 5. Comparison of lateral~a!–~b! and axial~c! nor-
malized pressure profiles for the first three harmonics
calculated using our model~gray! with those reported
by Averkiou et al. ~Ref. 34! ~black! using the KZK
model. A circular disk transducer was assumed excited
at 2.0 MHz using a source pressure of 372 kPa and
having a radius of 1.0 cm with a 10-cm focal length
lens. The propagating medium was taken to have the
following properties: a50.3 dB/~cm3MHz1.1!, c
51550 m/s, andb55.0. ~a! Lateral profiles at the focal
distance 10 cm.~b! Lateral profiles at 7.0 cm.~c! Axial
profiles. Note in~a! and ~b! that off-axis, our results
differ somewhat from the KZK results. Shown in~d! is
the fundamental lateral profile at 10 cm of our diffrac-
tion algorithm compared with the analytical prediction
with classic Bessel directivity.

146 J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Zemp et al.: Nonlinear propagation model



A. Nonlinear algorithm

The nonlinear substeps were computed using the time-
domain algorithm developed by Christopher.37 For short

pulses, an advantage of the time-domain algorithm over a
frequency-domain algorithm@such as that expressed by Eq.
~13!# is savings in computational cost. It can be shown that
the frequency-domain algorithm has a computational com-
plexity on the order of fifth power of the number of fre-
quency components retained for calculations.8 For cw
sources, just a few harmonics is sufficient to model most
nonlinear phenomena in tissue. For pulsed sources, however,
a large spectrum of frequency components is needed to
model a linear pulse propagation and even more is needed
for the harmonic components generated in the nonlinear
propagation process. Moreover, as noted earlier, there are
instabilities associated with the use of Eq.~13!. Although the
robust and efficient nature of Christopher’s time-domain al-
gorithm was a major asset, its use in combination with our
angular spectrum diffraction approach requires the use of
two 3D FFTs: an inverse and forward after and before each
diffractive substep. While this time–frequency hybrid ap-
proach required careful memory management and a reason-
ably large random access memory, the resulting computa-
tional savings and stability outweighed this disadvantage.
This time–frequency hybrid algorithm was verified by com-
paring the results obtained with the frequency-domain solu-
tion to Burger’s equation for pulsed excitation.

FIG. 6. Azimuthal and elevation profiles for a 64-element 2-MHz cw linear array (He510 mm, W5l/2, d53l/4, D537 mm) propagating in a soft
tissue-like medium.~a! to ~c! Azimuthal profiles.~d! to ~e! Elevation profiles.~a! and ~d! Fundamental.~b! and ~e! Second harmonic, and~c! and ~f! third
harmonic. Focusing in both the azimuthal and elevation directions were at a depth of 4 cm. The tissue parameters used in these simulations werec
51550 m/s,r51050 kg/m3, b55, a053 dB/~cmMHz1.1), andb51.1. The source pressure amplitude was 347 kPa and the color scale gives the pressure in
MPa.

FIG. 7. Lateral cw harmonic pressure profiles from an array transducer in
the focal plane along the azimuthal~a! and elevation~b! directions. The
fundamental, second, and third harmonics are shown. The parameters are
identical to those of Fig. 6.
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B. Diffraction substep

The development of a diffraction algorithm for nonlinear
pulse propagation required that we consider the following
issues:~i! selection of temporal sampling;~ii ! determining an
adequate temporal extent to the signal;~iii ! sampling of the
propagation planes; and~iv! choosing between the FSC or
SSC algorithms for each discrete spectral frequency. The first
two are addressed in the next subsection.

C. Temporal sampling and windowing

For nonlinear propagation in tissue, the effect of
frequency-dependent attenuation is to attenuate the higher
harmonics generated by nonlinearity. Based on our experi-
ence with cw propagation in tissue, 5–30 harmonics of the
center frequencyf c will often be sufficient, although the
number of harmonics needed will vary for different source
and excitation parameters. For simulating nonlinear propaga-
tion for diagnostic pulse–echo ultrasound systems, a sam-
pling frequency of 5–30 times the Nyquist frequency of
(2 f c1D f ) of the initial spectrum was adopted for pulsed
simulations, whereD f is the 26-dB bandwidth. The ad-
equacy or otherwise of the sampling rate can be assessed by
increasing the sampling rate to see if there is a significant
change in the results.

In our plane-to-plane fractional step-marching scheme,
temporal aliasing of the signal can be avoided by choosing a
sufficiently long temporal window, or pulse repetition inter-
val in the initial signal. Let the pulse duration plus the dif-
ference between the shortest and the longest transit times
from the transducer plane~for example! to a given location
on an adjacent plane be denoted byTp . Evidently, the tem-
poral window used should be at least of durationTp so as to
avoid temporal wraparound error. To ensure that a pulse is
adequately represented in the frequency domain, sampling at
D f <(1/2Tp) would be needed. The closer the observation
plane to the source, the greater the temporal window needed
to prevent aliasing.

D. Lateral sampling of the propagation planes

The same considerations apply to the lateral sampling of
the propagation planes as in our earlier discussion of cw
excitation. The difference in the pulsed case is that such a
sampling scheme must adequately propagate the spectrum of
frequencies initially present in the source excitation.

E. Sampling of the propagator functions

For each frequency componentf n5n fs5n/Tp , the
choice of sampling either the spatial point-spread functionh
or the frequency-domain transfer functionH once again
hinges on whether the corresponding radiation circle for the
given frequency is wholly or partly contained within the dis-
crete spatial frequency domain. Definingf max5fc1D f /2 and
g5z f max/fs, the indexnH given in Eq. ~14! can again be
used to optimally select a sampling scheme as was done in
Sec. III.

F. Verification of algorithm

Having verified the accuracy of the nonlinear plane-
wave algorithm, and the diffraction algorithm, verification of
the full nonlinear propagation algorithm was performed with
a few key tests. In the limit asb→0, the nonlinear algorithm
should behave in a linear way. For this test we compared our
algorithm with the impulse response method for a plane pis-
ton transducer and obtained excellent agreement.

In a second test, the field for quasicontinuous wave
pulse produced by a focused disk transducer on-axis was
determined using the pulsed nonlinear algorithm and com-
pared to the results from the cw algorithm described earlier.
For the cw algorithm a 30-cycle pulse modulated by a cosine
taper on the first and last five cycles was used with peak
pressure ofp05250 kPa. The other simulation parameters
were the same as Fig. 5 and Averkiouet al.34 The cw algo-
rithm used 30 propagation steps and 25 harmonics. The
pulsed algorithm used 45 propagation steps and 25 harmon-
ics. A steady-state region of the resulting propagated pulse
on-axis at 10 cm from the transducer was isolated, and one
cycle extracted from this region. This cycle is compared with
the results from the cw nonlinear propagation algorithm. The
peak deviation was 2.5% and the mean-square error averaged
over one cycle and normalized by the peak amplitude was
1.2%.

Last, we compared our pulsed algorithm with the
frequency-domain solution to Burger’s equation for the case
of a plane wave in an attenuating medium. Figure 9 shows
both the time- and frequency-domain comparisons.

G. Pulse inversion results

The idea of using two transmission pulses, the second
being of opposite phase to the first, has been examined as a

FIG. 8. Azimuthal~a! and elevation~b! lateral profiles
at the focal depth of 10 cm of a cw excited 64-element
phased array with no elevation lens (He510 mm, W
5l/2, d53l/4, D537 mm). Black lines are nonlinear
second harmonic profiles when excited at 2 MHz with a
source pressure amplitude of 347 kPa. Gray curves are
pressure profiles in the absence of any nonlinear propa-
gation when excited at 4.0 MHz. Note that the har-
monic profiles have a wider main lobe than that for the
higher frequency source, but much lower sidelobes.
The tissue parameters were the same as those used for
Fig. 6.
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means of reducing the problems that arise from spectral
overlap between the fundamental and second harmonic scat-
tered signals in both tissue harmonic imaging and contrast
agent imaging.38 Recently, Li and Zagzebski15 performed
simulation studies of harmonic image formation for a fo-
cused disk transducer and demonstrated small improvements
to the image quality by using the pulse inversion technique.
We also have used this method but have applied it to the
more realistic case of a phased linear array, using one-way
propagation. Because scattering in tissue is generally weak,
the process of reception can be treated as a linear process.
Moreover, a composite signal can be formed from the sum of
the normal and inverted transmissions. For a Gaussian modu-
lated transmit pulse, the pressure pulse waveform at the fo-
cus of a phased array calculated using our nonlinear model
together with its spectrum magnitude are shown in Fig.

10~a!. The waveform due to transmission of the inverted
pulse is shown in Fig. 10~b!: it has a very similar though not
identical spectrum magnitude. If the scattering process is as-
sumed to be frequency independent over the incident signal
bandwidth, then the composite~transmit–receive! signal ob-
tained by adding the above two waveforms is illustrated in
~c!: it has a spectrum in which the even harmonics is ap-
proximately doubled and the odd harmonics as well as the
fundamental are almost eliminated. Also seen in this wave-
form is a low-frequency response whose peak amplitude oc-
curs below 1 MHz. This appears to be produced by a process
known as self-demodulation region, a term originally used
by Berktay39 to describe low-frequency acoustic generation
by nonlinear pulsed high-frequency sound, and which has
been experimentally and theoretically investigated for a ther-
moviscous fluid by Averkiouet al.3

FIG. 9. Comparison between time-domain~gray solid
line! and frequency-domain~black dotted line! algo-
rithms for the case of a plane wave in an attenuating
medium. The time-domain waveforms~a! differ by less
than 1.5%. The frequency spectra~b! are also in good
agreement. The initial pulse was given asp0 expb2(t
2t0)

2/(2s2)csin@2pf0(t2t0)#, where p051 MPa, t0

515/(2f 0), s5p/(A2f 0), andf 052 MHz. The wave-
form propagated a distance of 10 cm in a medium with
parametersc51500 m/s, r51000 kg/m3, b53.5, b
51.0, anda053 dB/~cm3MHz1.0).

FIG. 10. Illustration of the use of pulse inversion for tissue harmonic imaging at the focal point of a 64-element linear array (He512 mm, W5l0/2, d
55l0/8). Focusing in both the azimuthal and elevation directions was at a depth of 5.0 cm. The tissue parameters were the same as those used for Fig. 6. A
Gaussian modulated sine wave was assumed as the transmit signal with a center frequency of 2.0 MHz, a 50% bandwidth, and a peak pressure of 400 kPa at
the surface of the array.~a! Showing the pressure waveforms at the focal point for the normal and~b! inverted transmit waveforms and their spectra. The
waveforms had peak positive values of;2.5 MPa and negative values of;21.5 MPa.~c! Showing the effective pulse inversion waveform, found by adding
the two waveforms, and its spectrum. Only 30 propagation planes were used in this simulation, with each nonlinear step employing 4 propagation substeps.
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As a further illustration of the capabilities of the model,
the transmitted field was simulated for a linear phased array
excited by a Gaussian pulse and propagating into tissue. The
field profile in the azimuthal and elevation directions are
compared in Figs. 11 and 12 to the effective ‘‘pulse inversion
field.’’ This effective field represents the result of two non-
linear transmissions: one with a normal pulse and the second
with an inverted pulse. The effective field at each location
was determined by adding the two waveforms at each loca-
tion, thereby eliminating the energy due to linear propaga-
tion, leaving only energy due to nonlinear propagation. An
alternative method to produce the similar results would have
been to use two transmit waveform pulses with the same
shape but differing amplitudes, the first having sufficient am-
plitude to produce nonlinear propagation and the second with
a sufficiently small amplitude for linear propagation, and
then subtracting the two transmit fields after appropriate nor-
malization. Here again, we assume a frequency independent
scatterer. As illustrated in Figs. 11 and 12 the energy distri-
bution due to nonlinear propagation is narrower than the
‘‘one-pulse’’ field, where linear propagation dominates. Such
methods for visualizing nonlinear propagation fields may
prove useful in quantitative design simulations for tissue har-
monic imaging applications.

V. COMPUTATIONAL ISSUES

Our model was developed usingMATLAB 5.3 ~Math-
Works Inc.!, and implemented on a PC with a 533-MHz
Pentium III processor and 512 MB of random access
memory. Full 4D ~three dimensions of space and one of
time! field simulations were performed for a linear phased
array as a realistic nonaxisymmetric source for both the cw
and pulsed excitations. For the cw case, calculations took
only a few minutes to complete. To model pulsed sources,
however, significant memory management was required, and
to produce results such as presented in Fig. 11, the code took
about 5 h to execute. It is anticipated that this runtime may
be significantly shortened by using a larger random access
memory and by using a compiled version of the code. Adap-
tive meshes and nonuniform step sizes may further reduce
computational cost.

These results show that, while maintaining the same de-
gree of accuracy, our numerical model for full 4D nonlinear
field simulations has a great advantage over similar models
in terms of computation burden and stability.

VI. CONCLUSIONS

A computational model of nonlinear propagation in tis-
sue has been developed, which is capable of simulating

FIG. 11. Normalized second harmonic intensity profiles
of a 64-element linear phased array (He512 mm, W
5l0/2, d55l0/8) for a source waveform consisting of
Gaussian modulated sine waves with maximal pressures
of 400 kPa, a center frequency of 2 MHz, and a 80%
bandwidth.~a! Azimuthal and~b! elevation planes. Ef-
fective pulse inversion intensity profiles in the azi-
muthal ~c! and elevation planes~d!. These were ob-
tained from the waveform obtained by adding the
pressure field distribution produced by an inverted
pulse to that of the noninverted pulsed. Azimuthal and
elevation focusing were used and both had a focal depth
of 5.0 cm. The tissue parameters were the same as those
used for Fig. 6. Only 30 propagation planes were used
out to the focal region, with each nonlinear step em-
ploying 4 propagation substeps.

FIG. 12. The azimuthal and elevation focal plane (z
55 cm) intensity profiles for the distributions shown in
Fig. 11. ~a! Azimuthal pulsed field~dotted! and effec-
tive pulse inversion profile~solid!. ~b! Elevation pulsed
field ~dotted! and effective pulse inversion profile
~solid!.
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finite-amplitude acoustic fields of nonaxisymmetric sources,
including linear phased arrays. Using the computational
power of a regular PC desktop computer, the calculation
times required for full 4D simulations are on the order of a
few minutes for cw sources, and a few~3–5! hours for
pulsed sources. Our model is based on a second-order
operator-splitting scheme, whereby diffraction, attenuation,
and nonlinearity can be computed independently over incre-
mental steps. This scheme allows for larger axial propagation
steps compared with first-order models, thus allowing com-
putational savings, while maintaining accuracy.

A numerically implemented angular spectrum approach
has been presented that has a modified sampling scheme for
efficient computation of diffraction over larger propagation
steps. This avoids wraparound errors and as a result has good
accuracy even in the near-field region. Nonlinear substeps
are computed using standard frequency- and time-domain
algorithms for cw and pulsed excitations, respectively.

Comparing beam profiles for 4-MHz second harmonic
imaging with 4-MHz fundamental imaging, we found that
the 4-MHz fundamental beam was actually narrower than the
4-MHz second harmonic profile; however, the sidelobes of
the harmonic profile dropped off much faster than those of
the fundamental. Application of our nonlinear propagation
model to the pulse inversion scheme was used as a unique
way of visualizing nonlinear energy accumulation.

Our nonlinear propagation model compares well with
published data for cw nonlinear propagation in both water
and tissue. Evidence was given to show that our model may
be more accurate than the KZK model off-axis for focused
sources, since it avoids the parabolic approximation. Experi-
mental confirmation of the pulsed nonlinear propagation in
tissue-like media is planned for future research. The numeri-
cal model presented here has the capability to simulate non-
linear propagation from realistic medical ultrasound scan-
ners, and hence may hold significant promise for the design
and optimization of tissue harmonic imaging systems, as
well as for therapeutic ultrasound systems where nonlinear
effects would be prominent.
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An analytic solution is derived for acoustic streaming generated by a standing wave in a viscous
fluid that occupies a two-dimensional channel of arbitrary width. The main restriction is that the
boundary layer thickness is a small fraction of the acoustic wavelength. Both the outer, Rayleigh
streaming vortices and the inner, boundary layer vortices are accurately described. For wide
channels and outside the boundary layer, the solution is in agreement with results obtained by others
for Rayleigh streaming. As channel width is reduced, the inner vortices increase in size relative to
the Rayleigh vortices. For channel widths less than about 10 times the boundary layer thickness, the
Rayleigh vortices disappear and only the inner vortices exist. The obtained solution is compared
with those derived by Rayleigh, Westervelt, Nyborg, and Zarembo. ©2003 Acoustical Society of
America. @DOI: 10.1121/1.1528928#
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I. INTRODUCTION

Acoustic streaming generated by a plane standing wave
in a two-dimensional channel of arbitrary width is investi-
gated analytically. The streaming is produced in a viscous
fluid by shear forces in the boundary layer along the channel
walls. The problem was solved initially by Rayleigh1 for a
wide channel, in which the boundary layer thickness is neg-
ligible in comparison with channel width. His solution de-
scribes the steady vortices outside the boundary layer, com-
monly referred to now as Rayleigh streaming. Various
modifications of Rayleigh’s solution have been proposed,
most notably by Westervelt2 and Nyborg,3 but until very re-
cently the focus has been on streaming outside the boundary
layer, and there was previously no need to remove the re-
striction to wide channels. See Nyborg3,4 for more detailed
discussion of these and other relevant investigations.

It is well known that inside the boundary layer there
exist streaming vortices whose directions of rotation are op-
posite those of the outer, Rayleigh streaming vortices.5 In the
1950s there began a series of investigations of a related phe-
nomenon, the inner streaming vortices produced by oscilla-
tory flow near cylinders. In these studies the inner vortices
were comparable in thickness to the cylinder radii, and con-
sequently they were easily observed in experiments. This
series of investigations is also reviewed by Nyborg.3,4

A theoretical analysis of the inner streaming vortices
generated by a standing wave in grazing contact with a plane
boundary in a semi-infinite fluid was conducted by Zarembo6

and discussed by Rudenko and Soluyan.7 In this case the
effective channel width is infinite, and therefore application
to narrow channels is automatically excluded. But more im-
portant, the solution for the standing wave was derived by
assuming it to be divergence-free, and this approximation
causes the solution for streaming in the boundary layer to
deviate from the correct result.

During 2001 there appeared the first two investigations
of streaming in which the restriction to narrow channels was
removed. The first of these, by Waxler,8 presents a method
for calculating the streaming in a thermoviscous gas confined

by parallel plates with arbitrary separation. The second, by
Bailliet et al.,9 adds thermal conductivity and temperature
dependence of the viscosity, and considers cylindrical tubes
as well as parallel plates. Both investigations assume the
existence of a mean temperature gradient along the channel
walls, connected with their focus on thermoacoustic engine
stacks, and therefore numerical integration is required to cal-
culate the streaming velocity. The latter investigation9 re-
veals the prominence of the inner streaming vortices in nar-
row channels, but the analysis is based on the Eulerian
streaming velocity, and proper interpretation requires analy-
sis of the average mass transport velocity.

In the present paper, a completely analytic solution is
derived for the average mass transport velocity generated by
a standing wave confined by parallel plates. Temperature ef-
fects are not considered here. The solution is valid for chan-
nels of arbitrary width. For wide channels and outside the
boundary layer, the solution is in agreement with classical
results for Rayleigh streaming.1–3 As channel width is re-
duced, the inner vortices increase in size relative to the Ray-
leigh vortices. For sufficiently narrow channels~widths less
than about ten times the boundary layer thickness! the Ray-
leigh vortices disappear and only the inner vortices exist. The
present work was motivated by observations of streaming
patterns calculated numerically for the interior of thermo-
acoustic engine stacks,10 whose pore widths are on the order
of the boundary layer thickness.

II. STANDING WAVE FIELD

We consider a two-dimensional rectangular resonator
with rigid walls that occupies the volume defined by2x0

<x<x0 , 2y0<y<y0, as shown in Fig. 1. The fluid is as-
sumed to be viscous, but not heat conducting. Excitation of
the sound field inside is assumed to be accomplished by
shaking the resonator along thex axis with velocityv(t). In
an Eulerian coordinate system attached to the resonator, both
the x andy components of the particle velocity vanish at the
walls. From symmetry considerations, thex componentux
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must be an even function ofy, such that]ux /]y50 at y
50. They componentuy must be an odd function ofy, such
that it vanishes aty50.

The viscous penetration depth is assumed to be very
small compared with the acoustic wavelength. For a resona-
tor driven in its lowest mode this condition corresponds to
x0@n/c0, wheren is the kinematic viscosity andc0 is the
small-signal sound speed. This restriction is very weak in
practice. Under this condition, the leading-order approxima-
tions of the linearized continuity, momentum, and state equa-
tions in the Eulerian coordinate system attached to the reso-
nator are11

1

r0

]r8

]t
1

]ux

]x
1

]uy

]y
50, ~1!

r0

]ux

]t
1

]p

]x
5m

]2ux

]y2 2r0v̇~ t !, ~2!

]p

]y
50, ~3!

p5c0
2r8. ~4!

In the continuity equation, Eq.~1!, r0 andr8 are the ambient
and excess densities, respectively. In thex component of
the momentum equation, Eq.~2!, m is the shear viscosity
(n5m/r0), and the term2r0v̇(t) may be regarded as a
body force per unit volume. They component, Eq.~3!, indi-
cates that the acoustic pressurep is constant across the chan-
nel.

Now assume harmonic excitation of the resonator,

v~ t !5 1
2v0eivt1c.c., ~5!

in which case

ux,y5 1
2ũx,y~x,y!eivt1c.c., p5 1

2p̃~x!eivt1c.c., ~6!

where the functional form ofp follows from Eq.~3!. Equa-
tions ~1! and ~2! thus become

iv

r0c0
2 p̃1

]ũx

]x
1

]ũy

]y
50, ~7!

ũx1
1

ivr0

dp̃

dx
5

n

iv

]2ũx

]y2 2v0 . ~8!

Sincep̃ is a function ofx alone we introduce the quan-
tity

ũx0~x!52
1

ivr0

dp̃

dx
2v0 ~9!

in Eq. ~8!. The general solution of Eq.~8!, taking into ac-
count that]ũx /]y50 at y50, is

ũx5ũx0~x!1A~x!coshby, ~10!

where

b5
11 i

dn
, dn5A2n

v
, ~11!

and dn is the viscous penetration depth. Since the particle
velocity vanishes at the wall we haveũx50 at y56y0,
which yieldsA52ũx0 /coshby0 and thus

ũx5ũx0~x!S 12
coshby

coshby0
D . ~12!

The x dependence of the particle velocity field is deter-
mined by averaging the continuity and momentum equations
across the channel. To this end we introduceUx , the average
particle velocity~a normalized axial volume velocity! in the
x direction:

Ux~x!5
1

2y0
E

2y0

y0
ũx~x,y!dy. ~13!

Substitution of Eq.~12! yields

Ux5~12 f n!ũx0~x!, ~14!

where

f n5
tanhby0

by0
, ~15!

and Eq.~12! becomes

ũx5
Ux~x!

12 f n
S 12

coshby

coshby0
D . ~16!

The transverse velocity component is determined by integrat-
ing the terms in Eq.~7! with respect toy from 0 toy, noting
that ũy50 at y50:

ũy52E
0

y]ũx

]x
dy2

ivy

r0c0
2 p̃~x!. ~17!

Averaging the terms in Eq.~7! with respect toy, across
the channel from2y0 to y0, gives

dUx

dx
1

iv

r0c0
2 p̃~x!50, ~18!

where the boundary conditionsũy50 aty56y0 were taken
into account. Performing the same integral over the momen-
tum equation, Eq.~8!, yields

Ux~x!1
1

ivr0

dp̃

dx
5

n

ivy0

]ũx

]y U
y0

2v0 , ~19!

where we have used the symmetry relation]ũx /]yu
2y0

y0

52(]ũx /]y)y5y0
. From Eq.~16! one obtains

n

ivy0

]ũx

]y U
y0

52
f nUx

12 f n
, ~20!

and Eq.~19! becomes

FIG. 1. Acoustic streaming patterns in a resonator with rigid ends, excited in
its lowest mode.
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1

ivr0

dp̃

dx
1

Ux~x!

12 f n
52v0 . ~21!

Combining Eqs.~18! and ~21! to eliminatep̃ yields

d2Ux

dx2 2a2Ux52
v2

c0
2 v0 , ~22!

where

a5
iv/c0

A12 f n

. ~23!

The general solution of Eq.~22! is

Ux5A coshax1B sinhax1C. ~24!

Substitution in Eq.~22! determinesC, and the boundary con-
ditions Ux50 at x56x0 determineA andB:

Ux5~12 f n!v0S coshax

coshax0
21D . ~25!

From Eq.~14! we also have

ũx05v0S coshax

coshax0
21D . ~26!

The acoustic pressure is obtained from Eq.~18!,

p̃52r0c0v0~12 f n!1/2
sinhax

coshax0
, ~27!

and the axial component of the particle velocity follows from
Eqs.~12! and ~26!:

ũx52v0S 12
coshax

coshax0
D S 12

coshby

coshby0
D . ~28!

Substitution of Eqs.~27! and ~28! in ~17! yields

ũy52v0y0a f n

sinhax

coshax0
S y

y0
2

sinhby

sinhby0
D . ~29!

Equations~27!–~29! are the complete linear solutions for the
acoustic pressure and particle velocity in the resonator, and
they are free of any restriction on channel width.

It may be noted that bothũx and ũy vanish along the
side walls, aty56y0, but only ũx vanishes at the ends,x
56x0. However, the ends of the resonator influence the
sound field only within distance;dn . Since the boundary
layer thickness is negligible compared with resonator length,
the boundary conditions onũy at x56x0 have negligible
influence on the field in the volume of the resonator.

Before displaying velocity profiles it is useful to con-
sider limiting forms of the solution for wide and narrow
channels. For wide channels~large y0 /dn) one obtains, for
the particle velocity field outside the boundary layer,

ũx.v0S cosk̃x

cosk̃x0

21D , ~30!

ũy.~12 i !
v0dnv

2c0

sink̃x

cosk̃x0

y

y0

, ~31!

in which k̃ is a complex wave number:

k̃5
v/c0

A12 f n

.
v

c0

1~12 i !
A2nv

4y0c0

. ~32!

The profile ofũx exhibits noy dependence, and the profile of
ũy is linear in y. The last term in Eq.~32! is the classical
result for attenuation and dispersion associated with a plane
wave propagating in a wide channel formed by parallel
plates separated by distance 2y0.12

For narrow channels~small y0 /dn) one obtains

ũx.2 i
v0y0

2

dn
2 S 12

coshax

coshax0
D S 12

y2

y0
2D , ~33!

ũy.~12 i !
v0y0

2v

2A3dnc0

sinhax

coshax0
S y

y0

2
y3

y0
3 D . ~34!

In this limit the profile ofũx is parabolic iny and the profile
of ũy is somewhat sinusoidal in appearance, with extrema at
y/y0561/A3.60.58.

We now return to the complete solution, Eqs.~28! and
~29!, in which they dependence ofũx,y is denotedYx,y(y):

Yx~y!512
coshby

coshby0
, Yy~y!5

y

y0
2

sinhby

sinhby0
. ~35!

These functions are graphed in Fig. 2 for several values of
the dimensionless channel widthy0 /dn , with solid lines for
uYxu and dashed lines foruYyusgny ~the reason for including
sgny is to account for change in direction at the midplane!.
Figures 2~a! and ~b! are examples of wide channels, for
which the velocity field outside the boundary layer is ap-
proximated reasonably well by Eqs.~30! and~31!. The value
y0 /dn52 in Fig. 2~d! is a nominal pore size for stacks in
thermoacoustic engines,13 and they dependencies are ap-
proaching those expressed in Eqs.~33! and ~34!.

Equations~28! and ~29! may be compared with expres-
sions used by others to describe a standing wave that drives
acoustic streaming in a channel. Rayleigh’s solution for a
standing wave in a wide channel, Eqs.~23! and ~24! in The
Theory of Sound,1 is virtually indistinguishable from the re-
sults in Figs. 2~a! and ~b!. Deviations become significant
only for smaller values ofy0 /dn , such as those used in Figs.
2~c! and ~d!. Moreover, Rayleigh’s solution is often pre-
sented2,3 with an approximation based on the assumption that
y/y0.1, because the sound field outside the boundary layer
has negligible influence on acoustic streaming.

III. ACOUSTIC STREAMING

A. Basic equations

Here we include terms of second order in the acoustic
variables to determine the acoustic streaming. The analysis
begins with thex component of the momentum equation,
approximated by assuming that the viscous penetration depth
is a very small fraction of a wavelength:11

]~rux!

]t
1

]~rux
2!

]x
1

]~ruxuy!

]y
52

]p

]x
1m

]2ux

]y2 2r v̇~ t !,

~36!
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wherer5r01r8 is the total density. Taking the time aver-
age of Eq.~36! yields

m
]2ūx

]y2 5K~x!2F~x,y!, ~37!

where at second order

K~x!5
dp̄

dx
1

^pv̇&
c0

2 , ~38!

F~x,y!52r0

]^ux
2&

]x
2r0

]^uxuy&
]y

, ~39!

in which Eq.~4! was used. The angular brackets^•& indicate
the time average of the quantity inside, and we defineūx,y

5^ux,y& andp̄5^p& for the acoustic streaming velocity com-
ponents and dc pressure, respectively. Without the term cor-
responding to the source excitationv(t), Eqs.~37!–~39! con-
stitute a common starting point for investigating streaming in
channels.3

The principal difference here is that Eqs.~27!–~29! for
the sound field are for channels of arbitrary width, in contrast
to classical analyses, which apply to only wide
channels.1–3,6,7In addition, previous analyses do not consider
a specific source excitation, but instead just the existence of
a standing wave in the channel. Here, a velocity source ap-

pears as the last term in Eqs.~36! and~38!. With the source
condition given by Eq.~5!, the acoustic field is given in the
first approximation by Eqs.~6!, such that Eqs.~38! and~39!
become

K~x!5
dp̄

dx
1

v Im p̃v0*

2c0
2 , ~40!

F~x,y!52
r0

2 S ]uũxu2

]x
1Re

]~ ũxũy* !

]y D , ~41!

where the asterisk indicates the complex conjugate.
The solution procedure is as follows. Equation~37! is

integrated twice with respect toy to solve for ūx , the x
component of the Eulerian streaming velocity vectorū. The
quantity ultimately of interest is the average mass transport
velocity ūM given by3

ūM5ū1^r8u&/r0 , ~42!

whereu is the acoustic particle velocity. Making use of Eqs.
~4! and ~6! one obtains

ūM5ū1
Rep̃ ũ*

2r0c0
2 . ~43!

Given ūx , p̃ and ũx, the x componentūx
M is determined.

Since the mass transport velocity is by definition divergence-
free, itsy componentūy

M is obtained by integrating

¹"ūM50 ~44!

with respect toy. The streaming patterns presented in Sec.
III C correspond to the vector fieldūM.

A related quantity, considered by Rayleigh1 and dis-
cussed in greater detail by Westervelt,2 is the average La-
grangian streaming velocityūL:

ūL5ū1^j"¹u&, ~45!

where j5*u dt is the acoustic particle displacement. Like
ūM, ūL is also divergence-free at second order2 ~whereasū is
not!. For all one-dimensional acoustic fieldŝr8u&/r0

5^j"¹u& and thereforeūM5ūL. For plane standing waves,
in which r8 and u differ in phase by 90 degrees,^r8u& is
zero and thusū5ūM5ūL. However, for sound waves in con-
tact with surfaces,̂ r8u&/r0 and ^j"¹u& can differ signifi-
cantly in the boundary layer, and consequently so too can
ū, ūM, andūL. Care must therefore be taken when compar-
ing solutions for the inner streaming vortices generated by
standing waves in channels. In wide channels, the acoustic
particle motion outside the boundary layer is close to one-
dimensional, and thusū.ūM.ūL for the outer~Rayleigh!
streaming vortices.

B. Average mass transport velocity

We begin by expressing the acoustic field variables as
follows:

p̃52~12 f n!
r0c0

2

iv

dũx0

dx
, ~46!

ũx5ũx0~x!Yx~y!, ~47!

FIG. 2. Profiles of thex ~solid lines! andy ~dashed lines! components of the
acoustic particle velocity for standing waves in channels of different widths.
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ũy52 f ny0

dũx0

dx
Yy~y!, ~48!

whereũx0, Yx , andYy are given in Eqs.~26! and~35!. Two
integrations of Eq.~37! with respect toy yield

ūx5V~x,y!1C2~x!y21C0~x! ~49!

for the Eulerian streaming velocity, where the coefficientsC0

and C2 will be determined by boundary conditions on the
mass transport velocity. There can be no term that is linear in
y becauseūx must be an even function ofy. The functionV
results from integration of Eq.~41!:

V~x,y!5V0 Re$G~x!@H1~y!1 iH 2~y!#%, ~50!

where

V05
uv0u2dn
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x0n
5

2uv0u2

x0v
~51!

is a characteristic velocity amplitude, and thex dependence
is determined by

G~x!5
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sinha* x

cosha* x0
S coshax

coshax0
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The y dependence is given by

H1~y!5
cosh~2y/dn!2cos~2y/dn!

8ucoshby0u2 2Im
coshby

coshby0
, ~53!

H2~y!5 f n*
coshby2by sinhby

4 coshby0
1

1

4

coshb* y

coshb* y0

2
cosh~2y/dn!1 i cos~2y/dn!

8bdnucoshby0u2 . ~54!

H1 results from two integrations ofuYxu25YxYx* , and H2

results from one integration ofYxYy* . Both integrals produce
terms proportional toy2 that are not included in Eqs.~53!
and~54!. Instead, these terms are taken into account byC2 in
Eq. ~49!. Formally one obtains

C2~x!5
1

2m FK~x!1
r0uv0u2

2x0
Re$~22 f n* !G~x!%G , ~55!

whereK is given by Eq.~40!. However, Eq.~55! is unnec-
essary unless one wishes to calculate the dc pressurep̄ after
C2 is determined by the boundary conditions.

From Eq. ~43! for the mass transport velocity one ob-
tains

ūx
M5ūx~x,y!1V0 Re$ 1

4i ~12 f n!G* ~x!Yx* ~y!%. ~56!

The stream functionc is introduced on the basis of Eq.~44!:

ūx
M5]c/]y, ūy

M52]c/]x. ~57!

Substitution of Eq.~56! into the first of Eqs.~57! and inte-
gration with respect toy yields

c5C~x,y!1A3~x!
y3

y0
3 1A1~x!

y

y0
. ~58!

Coefficients of even powers ofy were set to zero becausec
must be an odd function ofy, and

C5V0dn Re$G~x!@H3~y!1 iH 4~y!#

1 1
4i ~12 f n!G* ~x!H5~y!%, ~59!

whereH3,45dn
21*H1,2dy andH55dn

21*Yx* dy:

H3~y!5
sinh~2y/dn!2sin~2y/dn!

16ucoshby0u2 2Im
sinhby

bdn coshby0
,

~60!

H4~y!5 f n*
2 sinhby2by coshby

4bdn coshby0
1

i

4bdn

sinhb* y

coshb* y0

2
sinh~2y/dn!1 isin~2y/dn!

16bdnucoshby0u2
, ~61!

H5~y!5
y

dn
2

i

bdn

sinhb* y

coshb* y0
. ~62!

From Eqs.~57! and ~58!, ūx
M is now expressed as

ūx
M5Ūx

M~x,y!1
1

y0
F3A3~x!

y2

y0
2 1A1~x!G , ~63!

where

Ūx
M5V0 Re$G~x!@H1~y!1 iH 2~y!#

1 1
4i ~12 f n!G* ~x!Yx* ~y!%. ~64!

The unknown functionsA1(x) andA3(x) are determined by
the condition that the motion must vanish at the side walls,
and thus

ūx
M~x,y0!5V~x,y0!1

3

y0
A3~x!1

1

y0
A1~x!50, ~65!

c~x,y0!5C~x,y0!1A3~x!1A1~x!50, ~66!

where Ūx
M(x,y0)5V(x,y0) becauseYx(y0)50. Equation

~66! follows from the conditionūy
M(x,y0)50. One therefore

obtains

A1~x!52 3
2C~x,y0!1 1

2y0V~x,y0!, ~67!

A3~x!5 1
2C~x,y0!2 1

2y0V~x,y0!. ~68!

All quantities are now determined in Eq.~58! for the stream
functionc, and in Eq.~63! for the longitudinal velocityūx

M .
Comparison of Eqs.~49! and~63! yields C25(3/y0

3)A3, and
the dc pressurep̄ can be determined directly from Eqs.~55!
and ~40!, if desired.

The y component of the mass transport velocity is ob-
tained by substituting Eq.~58! into the second of Eqs.~57!:

ūy
M52

1

x0
F Ĉ~x,y!1Â3~x!

y3

y0
3 1Â1~x!

y

y0
G , ~69!

where the hats indicate use of the expressions forC, A3, and
A1 but with G replaced everywhere by

Ĝ~x!5x0

dG

dx
5~a* x0!2

cosha* x

cosha* x0
S coshax

coshax0
21D

1Uax0

sinhax

coshax0
U2

. ~70!
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The complete average mass transport velocity field is thus
determined explicitly by Eqs.~63! and ~69!.

C. Results

To interpret the solutions given by Eqs.~58!, ~63!, and
~69! for the average mass transport velocity is it convenient
to recognize that with appropriate normalization they are
functions of only four dimensionless parameters. Specifi-
cally, the dimensionless quantities

c0

uv0u2y0
c~x,y!,

c0

uv0u2
ūx

M~x,y!,
c0x0

uv0u2y0
ūy

M~x,y!

~71!

may be expressed as functions of the form

f S x

x0
,

y

y0
;

y0

dn
,

v

v0
D , ~72!

wherev05pc0/2x0 is the fundamental natural frequency of
the resonator in the absence of viscosity. Streaming patterns
displayed in terms of the dimensionless coordinatesx/x0 and
y/y0 are thus determined completely by the dimensionless
channel widthy0 /dn and drive frequencyv/v0.

Although the drive frequencyv in the solution is arbi-
trary, it is common to consider excitation at the lowest reso-
nance frequency of the system, which we labelv1. Our
method for determiningv1 as a function ofy0 /dn is to find
the value ofv at which the longitudinal component of the
acoustic particle velocity is maximized in the center of the
resonator. Equation~28! was used to evaluateuũx(0,0)u for
this purpose, which corresponds to maximizing the quantity
u12sechax0u as a function ofv/v0. Values ofv1 /v0 ob-
tained in this way are shown in Fig. 3, and they are seen to
differ from unity only slightly over the domain of interest
~recall Fig. 2!. With v5v1, the solutions in Eq.~71! can be
plotted as functions ofx/x0 andy/y0 depending on the sole
parametery0 /dn .

From Eqs.~71! it is seen that an appropriate velocity for
normalizing the solutions is one that is proportional to
uv0u2/c0. We choose this velocity to be

uR5
3

16

u0
2

c0
, ~73!

where u05uũx(0,0)u, which is proportional touv0u, is the
maximum longitudinal particle velocity amplitude in a stand-
ing wave driven at the lowest resonance frequency. Equation
~73! is chosen because for standing waves in wide channels,
i.e., in the limity0 /dn→`, it is the peak streaming velocity
obtained by Rayleigh1 in the midplane of the channel.

Shown in Fig. 4 forv5v1 and five values ofy0 /dn are
streamlinesc(x,y)5const~left column! obtained from Eqs.
~58! for the upper right quadrant of Fig. 1, the corresponding
longitudinal velocity profilesūx

M(y) at x5x0/2 ~middle col-
umn! obtained from Eq.~63!, and the transverse velocity
profiles ūy

M(y) at x50 ~right column! obtained from Eq.
~69!. The upper row, withy0 /dn520, reveals predominantly
Rayleigh streaming, which circulates in the clockwise direc-
tion. For increasingly wider channels, the inner streaming
vortex becomes negligible in comparison with the Rayleigh
streaming, anduūx

Mu approachesuR at y50. Simultaneously,
the location whereūx

M changes sign and whereūy
M is a maxi-

mum approachesy5y0 /A3.1

As channel width becomes narrow, the inner streaming
vortex increases in size relative to the Rayleigh streaming
vortex. Raleigh streaming is nonexistent whenūy

M does not
change sign, and the transition to this situation occurs at
y0 /dn55.7 ~fourth row!. For y0 /dn,5.7 only the inner
streaming vortex exists, and the flow is purely counterclock-
wise. The valuey0 /dn52 in the bottom row corresponds to
channels within the stacks of thermoacoustic engines.

For low excitation levels, the results in Fig. 4 are indis-
tinguishable from numerical solutions of the fully nonlinear
equations of motion~specifically, obtained with the code de-
scribed in Ref. 11! for the geometry in Fig. 1, where the mass
transport velocity is determined by taking the time average
of the momentum density. Conversely, the present analytical
solution provides a benchmark for verifying the accuracy of
the aforementioned code, in particular the ability to extract a
small dc effect from a large-amplitude time waveform. The
numerical results also show that the present analytical solu-
tion, derived for the ideal resonator depicted in Fig. 1, de-
scribes qualitatively the streaming patterns in the pores of
thermoacoustic engine stacks.

D. Comparisons with previous work

The principal features of the present solution are that it
describes streaming in channels of arbitrary width, and it is
completely analytic. Outside the boundary layer in wide
channels the solution is in agreement with previous results
for Rayleigh streaming.1–3 The salient characteristics of
streaming in narrow channels are observed to be the promi-
nence of the inner vortex, and the disappearance of the Ray-
leigh vortex in sufficiently narrow channels. Indeed, the so-
lutions derived by Rayleigh,1 Westervelt,2 and Nyborg3 differ
from each other and from the present solution only in the
boundary layer region. Another solution, derived by
Zarembo6 and discussed by Rudenko and Soluyan,7 differs
also outside the boundary layer. The various analytic solu-
tions are compared in Fig. 5 fory0 /dn520. From Fig. 4 it is
observed that for this width the inner streaming vortex occu-
pies 10% of the channel. Figure 5~a! displays thex compo-

FIG. 3. Lowest resonance frequencyv1 as a function of channel width,
normalized by the natural frequencyv0 when the resonator contains an
inviscid fluid.
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nent of the streaming velocity for the entire half-width of the
channel atx/x050.5, and Fig. 5~b! zooms in on the bound-
ary layer region.

R is Rayleigh’s solution for the Eulerian streaming ve-
locity in a wide channel.1 The restriction to wide channels
enters through approximations he employs when deriving the
solution for the sound field.

W is Westervelt’s solution for the Eulerian streaming
velocity.2 Westervelt begins with Rayleigh’s solution for the
sound field, but he avoids approximations introduced by
Rayleigh in the forcing function of the streaming equation.
Westervelt points out that the net effect of Rayleigh’s
approximations is to formally substitute the relation]ũx /]x
52]ũy /]y in Eq. ~41!. However, it should be emphasized
that Rayleigh’s solution for the sound field does not satisfy
relations for incompressible fluids.

WL andWM are the Lagrangian streaming velocity and
mass transport velocity, respectively, obtained by substituting
Westervelt’s solution for the Eulerian velocity componentūx

into Eqs. ~45! and ~42! to obtain the respectivex compo-
nents, and then using the divergence-free relation for the

transformed velocity to obtain they components.WL was
presented by Westervelt,2 and WM is the solution presented
by Nyborg.3 The difference between these two solutions is
precisely the difference between the terms^j"¹u& and
^r8u&/r0. It is seen in Fig. 5 thatR, W, WL, andWM differ
significantly only within the boundary layer.

Z is Zarembo’s solution for the Eulerian streaming
velocity.6 The main difference in his approach is the solution
used for the sound field. It is not derived for a wide channel,
but rather for an infinite fluid in contact with a single wall. In
addition, the relation]ũx /]x52]ũy /]y for an incompress-
ible fluid is used to obtainũy from ũx . In the end,ũx is the
same as that obtained by Rayleigh, butũy is different and
grows linearly without bound away from the wall. Conse-
quently, the solution for the Eulerian streaming velocity in
the boundary layer differs from the results obtained by both
Rayleigh and Westervelt. The outer streaming predicted by
Zarembo is for a semi-infinite fluid and it is therefore en-
tirely different from Rayleigh’s solution for a wide channel.

We note that it is relatively straightforward to modify
Zarembo’s solution for the streaming such that is applies to a

FIG. 4. Acoustic streaming patterns
for the average mass transport velocity
in a resonator with rigid ends, excited
in its lowest mode, as a function of
channel width. Left column: stream-
lines. Middle column: transverse dis-
tribution of x component at x/x0

50.5. Right column: transverse distri-
bution of y component atx/x050.
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wide but finite channel. Begin with the same solution for the
sound field, and after integrating the forcing function in the
streaming equation, evaluate the integration constants by set-
ting the velocity to zero at the far wall~as well as at the near
wall!. This modification of Zarembo’s solution provides a
proper description of Rayleigh streaming outside the bound-
ary layer. Inside the boundary layer, the solution still differs
from those of Rayleigh and Westervelt.

The present solution, given by Eq.~63!, is indistinguish-
able from WM in Fig. 5. For widths on the order of the
viscous penetration depth, however, Eq.~63! differs signifi-
cantly fromWM throughout the channel.

IV. CONCLUSION

The solution derived in this paper for streaming pro-
duced by a standing wave in a channel is free of the restric-
tion to wide channels that applies to earlier analytical studies
of this problem. In particular, it describes the inner streaming
vortex confined to the boundary layer, in addition to the outer
Rayleigh streaming. Moreover, it shows that the Rayleigh
streaming disappears when the channel is sufficiently narrow.
The main restriction on the solution is that the boundary
layer thickness is small in comparison with the acoustic
wavelength.

Thermal effects were ignored in the present discussion,
but these too may be included in the solution.14 One effect is
heat conduction, which introduces a thermal boundary layer

in addition to the viscous boundary layer. The other is the
temperature dependence of the viscosity coefficient. Inclu-
sion of these effects reveals that the streaming patterns re-
main essentially the same, but that the velocity increases by
about 10% for wide channels, and considerably more for
some narrow channels.

It was noted that the original motivation for this work
was to understand the steaming patterns within the pores of
thermoacoustic stacks. Comparison with direct numerical
simulations revealed that the analytical solution, which cor-
responds to the geometry in Fig. 1, does describe qualita-
tively the streaming patterns inside the pores, even though
the stack length is a small fraction of the resonator length.
Work is currently underway to describe the streaming pattern
not only inside the stack, but through the transition region at
the ends and out into the volume of the resonator.
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There is a practical need to fully understand the mechanisms involved in the flow/pressure
fluctuations around a screened microphone. A stream of uniform flow with low-frequency
turbulence encountering a rigid, impermeable spherical windscreen is considered in this study.
Pressure distributions on the surface of the sphere are determined by the flow structure. Pressure
fluctuations at the center of the sphere are then calculated based on the integration of surface
pressure distributions. Because of the low-frequency assumption, results from steady-state laminar
flows can be used to investigate the Reynolds number effects on wind noise reduction. Three types
of flow have been studied in this paper: an inviscid case, a low-Reynolds-number Stokes flow,
and intermediate- and high-Reynolds-number flows. A Reynolds-number/wind-noise-reduction
correlation shows that the wind noise reduction increases with decreasing Reynolds number.
© 2003 Acoustical Society of America.@DOI: 10.1121/1.1527927#

PACS numbers: 43.28.Gq, 43.28.Ra, 43.50.Gf, 43.28.Hr@MSH#

I. INTRODUCTION

Windscreens are widely used in outdoor microphone
measurement; therefore, there is a practical need to fully un-
derstand the mechanisms involved in the flow/pressure fluc-
tuations around a screened microphone. The understanding
may lead to optimized design of the windscreen for measure-
ment microphones. However, the wind noise sensed by a
microphone inside a windscreen is a complicated aerody-
namic noise problem. In low-turbulence flows, the dominant
noise is produced by the interaction of the flow with the
microphone as a result of pressure gradients across the mi-
crophone face due to wake shedding from the microphone.
Strasberg~1988! performed dimensional analysis of wind-
screen noise for measurements made in low-turbulence con-
ditions and showed that the one-third-octave sound pressure
obeyed scaling laws involving the average speed of the flow,
the air density, and the diameter of the screen. This suggests
that windscreen-generated velocity fluctuations account for
the wind noise in low-turbulence environments. Morgan and
Raspet~1992! argued that under high-turbulence conditions,
the dominant source of pressure fluctuations at the micro-
phone outdoors was the intrinsic turbulence in the incoming
flow. For flow through a porous windscreen or over a rough
foam surface, the amplitude of the pressure fluctuation can
possibly be reduced due to reduced wake fluctuations, as
shown by Hosier and Donavan~1979! ~although under the
low-turbulence conditions in their study!.

In this study, analytical methods have been used to in-
vestigate the flow/acoustic mechanisms assuming a high-
turbulence scenario. Therefore, the vortex shedding effects

are not considered. A rigid surface, impermeable spherical
windscreen model is used to study wind noise reductions at
low frequencies. In this model, the impermeable surface of
the windscreen transmits the pressure fluctuations to quies-
cent air media inside. Since the turbulence outdoors is highly
weighted to low frequencies, the largest contributions to the
overall wind noise level are at low frequencies. Therefore,
the study is restricted to wind noise generation due to turbu-
lence whose spatial scales are much larger than the wind-
screen diameter. The mean flow across the screen can be
considered as a steady flow. The results of this model have
given good agreement in comparison with experimental data
in literature. The model could thus be adopted for investigat-
ing the theoretical calculation of wind noise reduction
~WNR! in more complicated windscreens such as porous
medium windscreens.

To justify the use of a steady-state flow model, two sets
of measurement data by Morgan~1993! for WNR versus
screen numbers are plotted in Fig. 1. The screen number
(D/l) is defined as the ratio between the windscreen diam-
eter,D, and the wavelength,l. The first set of data is for a
windscreen of 90-mm diameter in a flow of 4.85 m/s, and the
second set is for a windscreen of 180-mm diameter in a flow
of 4.74 m/s. It can be seen that when the screen number is
below 0.3, the WNR is almost constant. After that, the WNR
increases rapidly with an increase in the screen number. This
is because the scale of the turbulence becomes smaller and
the steady-state assumption is no longer valid. Figure 1 also
shows that the analysis presented in this paper only applies
to the cases where the length scale of the turbulence is larger
than the size of the windscreen.

The choice of a simple, steady-state system makes it
possible to compare the calculated results to measurements
of pressure coefficients on smooth rigid spheres and to other
analytical models. The pressure fluctuations induced on the
spherical windscreen surface can then be used to obtain the

a!Portions of this work were presented in Z. C. Zheng, ‘‘A computational
study of the flow/acoustic mechanisms in screened microphones,’’ Pro-
ceedings of ASME FEDSM’01, FEDSM2001-18204, 2001 ASME Fluids
Engineering Division Summer Meeting, 29 May–1 June 2001, New Or-
leans, LA.

b!Electronic mail: zzheng@ksu.edu
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pressure levels which can be sensed by a microphone placed
at the center of the windscreen.

In the following sections, the pressure fluctuation rela-
tionship inside and outside on the surfaces of the sphere is
presented at first. The results are then used to study three
types of flow: an inviscid case, a low-Reynolds-number
Stokes flow, and intermediate- and high-Reynolds-number
flows. The inviscid and Stokes flow cases are the two ex-
treme cases in which analytical solutions can be pursued.
The flow field of the third case can be calculated using com-
putational fluid dynamics~CFD! techniques. A flow solver
software,FLUENT, was used to provide flow field to deter-
mine the pressure distribution on the sphere surface. The
wind noise reduction on the microphone can be determined
from both the theoretical results and experimental data in
literature, using the steady-state pressure distribution on the
surface. Finally, a correlation between the WNR and Rey-
nolds numbers is obtained.

II. PRESSURE FLUCTUATION RELATIONSHIPS

It is assumed that there is no flow inside the windscreen
sphere. Therefore, the pressure fluctuations inside the sphere
obey the Laplace equation under the incompressibility as-
sumption. Theoretically, the pressure inside the sphere can
thus be fully determined by the surface pressure. However,
the validity and accuracy of using surface pressure integra-
tions to estimate the center pressure for the windscreen noise
reduction calculation, which is based on the solution of the
Laplace equation, are unable to be fully addressed at this
point. This requires that the results presented here be com-
pared with those from the simulations with permeable
boundaries on the sphere. The only indication of validity of
the proposed idealized treatment is the results from Morgan’s
~1993! measurement, where the integration of measured sur-

face pressure coefficient,Cp , gave values close to the mea-
sured wind noise reduction levels at the center of the screen.

In a spherical coordinate system,~r, u, f!, wheref is
the azimuthal angle, the average value property of the
Laplace equation yields the following solution for the pres-
sure at the center of the sphere:

p~0!5
1

4p E
0

2p

dfE
0

p

p~a,u,f!sinu du. ~1!

This means that the wind noise detected at the center of the
screen is the average of the surface pressure fluctuations.

If we assume azimuthal symmetry in this spherical prob-
lem, i.e.,p(a,u,f) independent off, Eq. ~1! reduces to

p~0!5
1

2 E
0

p

p~a,u!sinu du. ~2!

Consequently, if we let

x5cosu, ~3!

and

p~a,u!5 f ~x!, ~4!

then we can have

p~0!5
1

2 E
21

1

f ~x!dx. ~5!

It is worth noting that general solutions for pressure fluctua-
tions at locations other than the center under nonaxisymmet-
ric outside flow field can be obtained by using spherical har-
monics following a similar procedure to that in Jackson
~1963!.

III. INVISCID CASE

For unsteady, inviscid incompressible flow over a
sphere, the flow is irrotational if the incoming flow is uni-
form. A three-dimensional velocity potential exists for flow
around a sphere~e.g., Currie, 1993!, as follows:

f~r ,u!5US r 1
1

2

a3

r 2 D cosu, ~6!

whereU is the incoming velocity. Using the unsteady Ber-
noulli equation, Phelps~1938! showed that on the surface of
a sphere

p~a,u!5
1

8
rU2~9 cos2 u25!1

3

2
raS ]U

]t D cosu1P,

~7!

whereP is the pressure of the incoming flow. The velocity,
U, can be expressed as

U5Ū1u8. ~8!

The prime for the pressure fluctuations in this paper is omit-
ted. If only the pressure fluctuations caused by flow are con-
sidered, and neglecting higher order terms, Eq.~7! yields

p~a,u!

rŪu8
5

1

4
@9 cos2 u25#1

3

2

a

Ūu8

]u8

]t
cosu. ~9!

FIG. 1. Measured wind noise reduction by Morgan~1993!, as a function of
screen number (D/l), whereD is the diameter of the windscreen andl is
the wavelength. The data are extracted from Fig. 14 in Morgan~1993!. The
triangle-symboled line is for a windscreen with diameter of 90 mm and flow
speed of 4.84 m/s. The square-symboled line is for a windscreen with di-
ameter of 180 mm and flow speed of 4.85 m/s.
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Once the surface pressure fluctuation is known, Eq.~5! can
be used to obtain the pressure fluctuation at the sphere center.
Since the integration of the odd function terms ofx in f (x)
must be zero, the effects of the second term in Eq.~9! vanish.
Therefore

p~0!

rŪu8
5

1

2
E

21

11

g~x!dx52
1

2
, ~10!

where

g~x!5 1
4@9x225#.

The integral function,g(x), is the same as the pressure dis-
tribution coefficient, Cp , on a sphere in steady flow. It
should be noted that this pressure distribution coefficient,
which is symmetric with respect tox50, results in zero drag
~D’Alembert paradox!. However, the arithmetic average of
it, Eq. ~10!, results in a net value of21/2. Since the un-
screened pressure fluctuation isrŪu8 in a uniform stream,
the wind noise reduction of the spherical screen in decibels is

WNR5210 log10S p~0!

rŪu8
D 2

56.02 dB. ~11!

According to the above procedure, the WNR of a spheri-
cal screen is determined by the integration of the surfaceCp

from a corresponding steady flow. This concept will be ex-
tended to finite Reynolds-number flows later in the paper,
where experiment and CFD results from steady-state studies
will be used to determine the wind noise reduction. Appar-
ently, the wind noise reduction is independent of the velocity
fluctuation frequency as well as the windscreen size. This is
caused by two factors: the inviscid assumption and the mi-
crophone being at the center of the sphere. However, for
low-frequency turbulence, the frequency of incoming veloc-
ity fluctuations is low~in comparison withŪ/a); thus, the
second term on the right-hand side of Eq.~9! can be ne-
glected. The surface pressure fluctuation is then independent
of the size of the screen. Therefore, under conditions of low-
frequency turbulence, the wind noise reduction does not
change with the size of the screen. Furthermore, this is true
even when the microphone is not located at the center of the
sphere, because the pressure inside the sphere is determined
by the surface pressure only.

Thus far, the analysis presented in this section has been
for an unsteady flow in which the fluctuation flow (u8) was
parallel to the mean flow (Ū). During the review process
associated with this article, it was brought to the attention of
the authors that forcing the velocity fluctuation to be in par-
allel with the mean velocity was in fact nonphysical. Alter-
natively, it can be shown that, since the pressure fluctuation
is related to the linear term in the square of velocity magni-
tude, the contributions from velocity fluctuations perpendicu-
lar to the mean flow are of higher order, according to the
following expression:

uUu25uŪ i1u8i1v8j1w8ku2

5Ū212Ūu81u821v821w82. ~12!

Therefore, the results are still correct even with an arbitrary
velocity fluctuation.

IV. LOW-REYNOLDS-NUMBER FLOW

The Stokes creeping-flow approximation is used in this
case. Although this flow may not actually occur in practice
for the problem discussed here, it is analyzed for the purpose
of comparison. The pressure fluctuation on the surface is
expressed as~e.g., Currie, 1993!

p~a,u!

rŪu8
52

3

2

cosu

Re
, ~13!

where

Re5
rŪa

m
. ~14!

Because of the antisymmetric pressure distribution with
respect tox50 in Eq. ~13!, the pressure fluctuation at the
center, which is the arithmetic average of the distribution, is
thus equal to zero. This means for a low-Reynolds-number
flow, the wind noise due to flow fluctuation can be totally
screened out if the microphone is placed at the center.

By comparing the cases in Secs. III and IV, it can be
seen that the wind noise reduction is reduced from infinite
for very low Reynolds-number flow to 6.02 dB for inviscid
flow ~with infinite Reynolds numbers!. The surface pressure
distribution changes from antisymmetric to symmetric with
respect tox50 (u5p/2) when the Reynolds number in-
creases, with the lower bound of the wind noise reduction
occurring in the symmetric pressure distribution case. In the
next section, high but finite Reynolds number cases are con-
sidered which are more applicable in realistic situations. The
wind noise reduction is expected to fall between infinity and
6.02 dB, and the pressure distributions on the surface of the
sphere should be neither symmetric nor antisymmetric with
respect to thex direction.

V. INTERMEDIATE- AND HIGH-REYNOLDS-NUMBER
FLOW

For intermediate or high Reynolds numbers, analytical
solutions do not exist and the analysis has to be based on
experimental data or numerical solutions. In this study, com-
putational fluid dynamics is used to compute the flow field,
and comparisons are made with well-known experimental
data. Because the typical turbulence eddy size is much larger
than the screen radius, the computations are mostly based on
a laminar flow model. Turbulent simulations are also per-
formed for comparison purposes. A flow solver software,
FLUENT, is used to solve the three-dimensional Navier–
Stokes equations. The pressure distributions on the spherical
surface can be obtained from the CFD solution. It has been
discussed earlier that for low-frequency turbulence, the dis-
tribution function of the surface pressure fluctuations is the
same as that of the steady pressure distribution. Therefore, a
steady-state computation is used to determine the distribution
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function. The integration of the distribution function, as
shown in Eq.~5!, yields the pressure fluctuation at the sphere
center.

The computational model is shown in Fig. 2. The com-
putational domain is a 16a ~in the x direction! 310a310a
box, with a sphere of radiusa inside. The center of the
sphere is located a distance of 6a downstream from the in-
flow plane in the flow direction, which is also thex direction.
The sphere is also centered in the computational domain with
respect to they- andz coordinates. A uniform velocity in the
x direction is specified at the inflow plane. The error intro-
duced by this can be estimated using Eq.~6!, which shows
that the influence of the sphere on the inflow velocity decays
at O(a3/r 3). Hence, less than 0.5%@O(1/63)# velocity
straining at the in-flow plane is introduced by placing a
sphere centered a distance of 6a downstream from the inflow
plane. Lee~2000! chose an upstream in-flow plane at 6a for
lower Reynolds number cases, with Re in the range of
O(102). It was noticed that the influence of the sphere on the
inflow was more significant at lower Reynolds numbers.
From the velocity distribution in Stokes flow past a sphere,
the influence of the sphere decays with distance according to
O(a/r ). Therefore, the selection of the uniform inflow plane
position for the given Reynolds number range is sufficiently
upstream from the sphere. At the outflow plane, an outflow
extrapolation boundary condition is specified. Free-stream
boundary conditions are specified on the side boundaries of
the computational box. Since the side walls are 5a away
from the sphere center, the side-wall boundary effects on the
flow field near the sphere surface can be neglected.

A grid generation package,GAMBIT, was used to gener-
ate the numerical grid. The domain was split into two sub-
domains, volume I and volume II, with ay–z junction plane
at the center of the sphere~at x50), as shown in Fig. 2, in
order to create a source face in each subdomain for permis-
sible Cooper meshing. A grid number of 50 was used on all
the edges in each volume. A grid interval ratio of 0.3 was

used towards the junction plane of the two volumes in thex
direction. In they- and z directions, a grid interval ratio of
0.8 was used towards the centers of the edges~double ratio!.
The purpose of these interval ratios was to generate a fine
grid mesh near the sphere surface. The Cooper algorithm was
then used to generate a hex/wedge grid mesh. It projected or
extruded the boundary face mesh from one end of a volume
to the other and then divided up the extruded mesh to form
the volume mesh. After the projection, the number of grids
on the surface of the sphere was 376 in the flow direction
~the x direction! and 32 in the azimuthal direction. The grid
number was doubled to test the resolution requirement, and
only minor differences in the results were found.

The grid mesh was then imported toFLUENT. Since only
large-scale, low-frequency turbulence effects were consid-
ered, steady-state computations were performed, as discussed
previously. A segregated steady-state 3D laminar solver was
used with an implicitly iterative, second-order upwind
scheme for momentum equations and theSIMPLE algorithm
~Patankar, 1980! for pressure–velocity coupling. The conver-
gence criteria were set at 1024 for velocity residuals and
1023 for continuity residual. Air was used as the simulation
fluid, with r51.225 kg/m3 and m51.78931025 kg/m-s.
Values of inlet velocity were specified based on the Reynolds
number range.

For a 45-mm-radius screen with incoming flow at 9.5
m/s, the Reynolds number is approximately 33104. Accord-
ing to Achenbach’s experiment~1972!, the critical Reynolds
number at which the drag coefficient reaches the minimum is
1.753105. In addition, a transition in the free shear layer
from a laminar to a turbulent flow occurs near the critical
Reynolds number. Therefore, most of the windscreens oper-
ate within the subcritical Reynolds number range where the
flow remains laminar after the separation, again justifying
the usage of laminar simulations.

Turbulent cases were also added in the simulations for
comparison purposes, and to provide additional data points
to be used for subsequent curve fitting, although the very
high Reynolds number cases are rare in windscreen prob-
lems. We chose the Spalart–Allmaras model~1992! for the
turbulence, which is a relatively simple one-equation model
that solves a modeled transport equation for the kinematic
eddy ~turbulent! viscosity. The Spalart–Allmaras model, de-
signed especially for applications involving wall-bounded
flows, has been shown to give good results for boundary
layers subjected to adverse pressure gradients. An additional
advantage is that inFLUENT, the Spalart–Allmaras model has
been implemented to use wall functions when the mesh reso-
lution does not need to be very fine. This might make it the
best choice for relatively coarse meshes. Furthermore, the
near-wall gradients of the transport variables in the model
are much smaller than the gradients of the transport variables
in k–e type models. This also might make the model less
sensitive to numerical errors when nonlayered meshes are
used near walls, as in current simulations. However, higher
resolutions are still required for these cases than for the lami-
nar cases, especially near the surface of the sphere. The num-
ber of points on each edge was doubled to 100, with grid
interval ratios towards the junction plane of 0.25 in volume I

FIG. 2. The computational fluid dynamics model, where the incoming flow
is in the positivex direction. Volumes I and II are the two volumes used to
map the grid mesh.
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and 0.125 in volume II in thex direction. In they- and z
directions, the same grid ratio was used as in the laminar
cases. After the projection, the number of grid points on the
surface of the sphere was increased to 3189 in the flow di-
rection and 96 in the azimuthal direction. In addition to using
the same velocity and continuity convergence criteria as in
the laminar cases, a convergence residual for the turbulent
viscosity was set at 1023.

In the following comparisons, for laminar cases a Rey-
nolds number of 33104 was selected since reputable experi-
mental data at this Reynolds number can be found in Max-
worthy ~1969!. A low Reynolds number case of Re550 was
also added to compare with literature data for low Reynolds
number cases where vortex shedding does not exist in the
wake. For turbulent cases, very high Reynolds number cases
measured by Achenbach~1972! have been found at Reynolds
numbers of 1.593105, 5.73105, and 2.53106.

Figures 3 and 4 show comparisons between the compu-
tational results and literature data forCp versusx on the
surface of a sphere. Two sets of data have been compared for
the laminar cases in Fig. 3: one at Re550 by Le Clairet al.
~1970! and the other at Re533104 by Maxworthy~1969!. ~It
should be noted that the Reynolds number specified here was
based on radius, while most of the published literature uses
diameter.! Figure 3 shows that the agreement is good, par-
ticularly at the upstream half of the sphere before the adverse
pressure gradients occur. Three turbulent cases are shown in
Fig. 4 for comparison with Achenbach’s experimental re-
sults. Again, good agreement at the upstream half of the
sphere was achieved. For the two highest Reynolds number
cases, the trough value and the rebounce of theCp were
slightly underpredicted in the simulations. This may be at-
tributed to the turbulence model used in the simulations, or
the resolution issues near the solid boundary. However, it
was not the intention of this paper to resolve the turbulent
simulation issues and, as stated previously, the primary inter-
est was within the laminar flow regime. Nevertheless, the
good agreement between calculation and measurement pro-

vides evidence that this computational tool could be used for
further investigation, when experimental data associated with
more complicated windscreen materials such as porous
foams are difficult to obtain.

Figure 5 shows a plot of the WNR versus Reynolds
number. The calculated WNR data results from the compu-
tational model are shown along with that from experimental
measurements. A correlation relationship was obtained by
curve-fitting these data. The restrictions on the behavior at
the two extremities were also applied to the correlation; i.e.,
WNR5` and 6.02 dB at Re50 and `, respectively. The
resulting correlation was of the form

WNR5a Re2b16.02, ~15!

wherea518.057 andb50.171. This curve shows that when
the Reynolds number decreases the wind noise reduction in-
creases, until it reaches an extreme condition where reduc-

FIG. 3. Comparisons of computationalCp results with literature data for the
laminar flow cases. The curves are the computational results and the sym-
bols are the literature data.

FIG. 4. Comparisons of computationalCp results with literature data for the
turbulent flow cases. The curves are the computational results and the sym-
bols are the literature data.

FIG. 5. Correlation between Re and WNR. The curve is from curve fitting
of the literature experimental data and our computational data.
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tion is sufficiently large such that the noise becomes zero at
the center of the sphere at very low Reynolds number.

It should be noted that the experiments in Morgan
~1993! used a Pitot tube embedded in 90-mm and 180-mm-
diameter windscreens made of foam material. These wind-
screens were neither impermeable nor rigid. The correspond-
ing Reynolds numbers for a free-stream velocity of 9.5 m/s
associated with these measurements were 2.933104 and
5.863104, respectively. The experimental data showed that
theCp value at the stagnation point was only 0.8 for each of
the two cases. However, the integration of theCp distribution
data still gave the WNR values of 16.3 and 14.6 dB, respec-
tively, for the 90-mm and 180-mm windscreens, which were
close to the measured reductions. These WNR values are
higher than those given from Fig. 5, which are approximately
9.2 and 8.8 dB, respectively, for these two Reynolds num-
bers. These differences are apparently due to the increased
wind noise reduction capability offered by the foam materi-
als used in the experimental tests. If one revisits Fig. 1,
which contains the direct measurement data for WNR, the
corresponding Reynolds numbers of the two cases in Fig. 1
are approximately 1.53104 and 3.03104 for the 90-mm and
180-mm windscreens, respectively. At these two Reynolds
numbers, the WNR from Fig 5 is 9.5 dB for the 90-mm case
and 9.2 dB for the 180-mm case. Such a small difference
cannot be discerned in Fig. 1, where the slight increase of
WNR with rising screen number is the dominant trend. For
high Reynolds numbers (Re.104), Fig. 5 shows that a Rey-
nolds number increase of ten times causes only less than 1
dB WNR decrease. Therefore, WNR is not very sensitive to
changes in Reynolds number at the high Reynolds number
range. This correlation is only for low-frequency wind noise
reduction, because this paper is only concerned with wind
noise below 10 Hz where it is independent of the frequency
~as shown in Fig. 1!. Higher-frequency turbulence will re-
quire a more detailed study of the unsteady flow. Unsteady
flow over a sphere has been investigated in recent literature
such as Mei and Adrian~1992!, Tomboulides and Orszag
~2000!, Howeet al. ~2001!, among others.

VI. CONCLUSIONS

The conclusions here only apply to the model wind-
screen in this analysis, which is impermeable and rigid, yet
of no impedance to pressure fluctuation transmission. This
model has shown promising comparisons with experiments
and has the potential of being adopted for more complicated
windscreens. For low-frequency turbulence, wind noise re-
duction is independent of frequency; therefore, steady-state
flow analysis can be used to determine wind noise reduction
levels. It is shown in this paper that for a spherical wind-
screen, the value of the noise reduction at the center can be
calculated from integration of the surface pressure coefficient
on the sphere in a corresponding steady-state flow. By using

computational fluid dynamic simulations, and reprocessing
experimental measurement data in the literature in a wide
range of Reynolds numbers, it has been found that, although
it is independent of frequency, wind noise reduction is cor-
related with the Reynolds number defined by the wind speed
and the windscreen radius. A power-fit type correlation
shows that the wind noise reduction increases with decrease
of the Reynolds number, with the lowest extreme of 6.02 dB
in the inviscid flow case and a value of infinity in the creep-
ing flow case.
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Acoustic near-field characteristics of a conical, premixed flame
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The occurrence of self-excited pressure oscillations routinely plagues the development of
combustion systems. These oscillations are often driven by interactions between the flame and
acoustic perturbations. This study was performed to characterize the structure of the acoustic field
in the near field of the flame and the manner in which it is influenced by oscillation frequency,
combustor geometry, flame length and temperature ratio. The results of these calculations indicate
that the acoustic velocity has primarily one- and two-dimensional features near the flame tip and
base, respectively. The magnitude of the radial velocity components increases with temperature ratio
across the flame, while their axial extent increases with frequency. However, the acoustic pressure
has primarily one-dimensional characteristics. They also show that the acoustic field structure
exhibits only moderate dependencies upon area expansion and flame temperature ratio for values
typical of practical systems. Finally, they show that the local characteristics of the acoustic field, as
well as the overall plane-wave reflection coefficient, exhibit a decreasing dependence upon the flame
length as the area expansion ratio increases. ©2003 Acoustical Society of America.
@DOI: 10.1121/1.1520547#

PACS numbers: 43.28.Kt@MSH#

I. INTRODUCTION

This paper describes results of an investigation of the
interactions between a premixed flame front and plane
acoustic waves. Such acoustic wave–flame interactions play
important roles in the characteristic unsteadiness of turbulent
combustion systems found in most processing, power gener-
ating, and propulsion applications. In particular, this work is
motivated by the problem of combustion instabilities, which
routinely plagues the development of combustion systems in
industrial processing,1 solid and liquid rockets,2,3 ramjets,4

afterburners, and land-based gas turbines.5 These oscillations
lead to enhanced vibration, reduced part life, flame blowoff
or flashback, and even complete system failure. They gener-
ally occur at frequencies associated with the combustor’s
natural longitudinal, radial, azimuthal, or bulk modes. They
arise from interactions between oscillatory flow and heat re-
lease processes in the combustor and are manifested as large
amplitude, organized oscillations of the combustor’s flow
fields. The unsteady heat release generated by the acoustic
disturbance adds energy to the acoustic field when it is in
phase with the pressure oscillations.6

Acoustic wave–flame interactions are complex and in-
volve the simultaneous interactions between a number of
flow and combustion processes!.7–12 The specific processes
which need to be considered depend upon whether the com-
bustor is burning a solid~e.g., solid rockets!, liquid ~e.g.,
liquid rockets or aircraft engines!, or gaseous fuel~e.g., land-
based gas turbines!, and in the manner of fuel and oxidizer
preparation~e.g., premixed versus non-premixed!. In this pa-
per, we specifically focus on gaseous fueled, premixed sys-
tems. Thus, it is most relevant to low emissions, land-based
gas turbines.28 In such systems, oscillations are generally as-

sociated with bulk or longitudinal modes and occur in a fre-
quency range from about 50–1000 Hz.7

A complete understanding of the overall acoustic wave–
flame interaction problem necessarily requires a more basic
understanding of several issues: First, because the flame’s
position and orientation depends upon the local burning rate
and flow characteristics, acoustic velocity perturbations
cause wrinkling and movement of the flame front. These
disturbances have been visualized in several experimental
investigations, such as those of DuCruixet al.13 in a simple
Bunsen flame and Shihet al.14 in a more complex, swirling
flow. In addition, calculations of the flame’s dynamics and its
resultant heat release disturbances have been reported by
Boyer and Quinard,15 Fleifel et al.,12 Marble and Candel,10

and Yang and Culick.16 These studies predict the dependence
of the flame’s unsteady heat release upon such parameters as
the mean flame position, frequency of oscillations, and mean
flow velocity.

Second, the flame’s relative propagation speed into the
unburned mixture~the mass burning rate! is sensitive to the
perturbations in pressure, temperature, and strain rate that
accompany the acoustic wave. McIntosh,17,18 Peters and
Ludford,19 and Ledder and Kapila20 have reported calcula-
tions of the unsteady flame structure and determined the
transfer function relating the response of the unsteady mass
burning rate to pressure fluctuations. The response of the
mass burning rate to strain rate fluctuations has also been
studied analytically by Joulin21 and computationally by Im
and Chen.22

Third, acoustic, entropy and vorticity modes become
strongly coupled at the flame front, leading to energy transfer
between these different disturbance modes and amplification
or damping of acoustic waves. Calculations of this energy
transfer have been reported by Lieuwen23 and Markstein.24a!Electronic mail: tim.lieuwen@aerospace.gatech.edu
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Fourth, acoustic waves interact with intrinsic flame in-
stabilities and/or cause parametric flame–acoustic instabili-
ties. The parametric acoustic instability of planar flames is
due to the periodic acceleration of the flame front by the
unsteady flow field, which separates two regions of differing
densities. Such instabilities are often observed in flames
propagating from one end of a tube to another and have been
investigated in several experimental24,25 and theoretical
investigations.26,27 In addition, it has been shown that acous-
tic oscillations can stabilize the inherent Darrieus–Landau
flame instability.25

As can be inferred from the above discussion, many of
the fundamental characteristics of premixed flame–acoustic
wave interactions have been studied. It should be noted,
however, that most of these studies have focused their atten-
tion on highly idealized geometries~such as flat flames!
which have little resemblance to those encountered in prac-
tical devices; e.g., see Refs. 17, 18, 23, 24. This has been
done in order to focus on the problem of relating acoustic
oscillations and the resultant heat release perturbation.

The solution to the acoustic–flame interaction problem
requires understanding of both the acoustic field-heat release
transfer function and the local acoustic field at the flame that
is disturbing it. This latter issue has been largely ignored in
the literature. It has been circumvented in analyses that have
considered more realistic flame geometries, such as those of
Fleifel et al.,12 Yang and Culick,16 and Marble and Candel,10

which assumed that the local acoustic oscillations that are
disturbing the flame are one-dimensional.

Basic acoustic considerations suggest that such a de-
scription of the flame’s acoustic near field is unrealistic. A
planar incident wave impinging upon a flame front generates
not only planar reflected and transmitted waves, but also
multidimensional disturbances that are generally evanescent
for the frequencies of interest. Since the flame is disturbed by
the local, multidimensional acoustic field, it seems clear that
calculations of its interactions with the acoustic field must
account for these multidimensional characteristics.

The objective of this paper is to provide some insight
into the structure of the acoustic oscillations that are disturb-
ing the flame. As such, this analysis restricts its attention to
what is primarily an acoustic problem, as opposed to the
majority of the above-cited studies which are primarily un-
steady combustion analyses. Particularly, it seeks to clarify
the characteristics of the flame’s acoustic near field, such as
its dependence upon combustor geometry and flame charac-
teristics; e.g., duct diameter, dump expansion ratio, flame
length, or temperature ratio across the flame. These flame
characteristics are more fundamentally affected by such pa-
rameters as fuel type, equivalence ratio, upstream reactants
temperature, and mean flow velocity. In particular, the paper
seeks to obtain ‘‘leading order’’ results which provide insight
into these characteristics that have some general validity, re-
gardless of the specific details of the fuel kinetics or the fillet
radius of the rapid expansion piece. As such, certain ‘‘lower
order’’ phenomenon which could be incorporated into the
analysis, but would require specifying more geometrical or
kinetic details, are not included so as not to compromise this
generality.

The paper is organized in the following manner: In the
following Analysis section, we discuss the modeled geom-
etry, outline the basic assumptions and restrictions of the
model, and present the numerical solution procedure. Then,
the Results section discusses the characteristics of the acous-
tic field and the manner in which it is affected by flame and
geometric parameters. The Concluding Remarks section
summarizes the principal conclusions of the analysis and
suggests an approach whereby these results can be coupled
with more fundamental unsteady combustion studies to ana-
lyze flame–acoustic interactions in realistic geometries.

II. ANALYSIS

A. Geometry

The investigated geometry is shown in Fig. 1. It consists
of an axisymmetric domain, where a premixed flame of
lengthLflame is located at the junction between two ducts of
diametersD1 and D2 . Such a rapid expansion is often re-
ferred to as a ‘‘dump’’ in the combustion literature and is
used to create a recirculation region for stabilizing the flame.
This geometry closely resembles that found in a range of
laboratory and industrial hardware, such as Bunsen burners,
ramjets, and some furnace designs. In addition, it contains
many of the dominant features of more complex hardware.
For example, modern low emissions gas turbine combustors
generally consist of either several smaller diameter ducts
~called premixers! transitioning into a single, larger duct~the
combustor!, such as in ‘‘can-type combustors,’’ or a circum-
ferential array of ducts~premixers! transitioning into an an-
nular shaped combustor.28

The flame’s mean position is assumed to be conical.
This shape closely resembles that typically observed in this
geometry in flows with low to moderate amounts of swirl in
the mean flow~in highly swirling flows, the flame is gener-
ally more flattened because of the presence of a central re-
circulation region, due to vortex breakdown!.29 In reality,
nonuniformities in mean flow profile and flame propagation
speed cause some deviations in the flame from this conical
shape. However, the differences in acoustic field structure are
small, as long as these deviations in shape are small relative
to the other characteristic lengths in the problem: the duct
diameters, flame length, and acoustic wavelength. Such a
restriction is well satisfied over a wide range of situations.

FIG. 1. Schematic of investigated configuration for case where disturbance
originates from upstream.
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B. Jump conditions

The region of chemical reactions is generally confined to
a front which has a complex inner structure consisting of
several zones where the fuel is broken down, a radical pool is
created and consumed, and heat is released. The thickness of
this front is usually quite thin relative to other hydrodynamic
and acoustic length scales. For example, the thickness of a
stoichiometric methane–air flame is about 1 mm.29 For ref-
erence, an acoustic disturbance with a 1-mm wavelength cor-
responds to disturbances with frequencies of 330 and 850
kHz at temperatures of 300 and 2000 K, respectively. In
contrast, acoustic wavelengths for the frequencies of interest,
say 50–1000 Hz, are substantially longer than 1 mm. Given
this disparity in length scales between flame thickness and
acoustic wavelength, we treat the flame front as a surface of
temperature discontinuity and assume that no additional en-
tropy production occurs outside of it. Such an approximation
is routinely used in the combustion literature12,13,15,24,30and
is satisfied to a high degree of accuracy for the frequencies of
interest here.

Using the mass, momentum, and energy conservation
equations, the linearized jump conditions across the flame
front have been derived in several studies.23,24,30–32The fol-
lowing expressions are derived in Lieuwen,23 where terms of
the order of the mean flow Mach number squared and the
ratio of the flame thickness to acoustic wavelength are ne-
glected:

Normal momentum:
p18

p̄
5

p28

p̄
, ~1!

Energy:
un,28

c1̄

2
un,18

c1̄

5MsS T̄2

T̄1

21D S 2
~g21!

g

p18

p̄
1

S18

S1̄
D ,
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where the notation~!8 and~̄ ! is used to denote the mean and
fluctuating component of the variable and the subscripts 1
and 2 denote the variable’s value on the up- and downstream
side of the flame. In addition, the variablesun , p, Ms , c, g,
T̄2 /T̄1 and S1 denote the normal velocity, pressure, mean
flame speed Mach number relative to the unburned gas,
sound speed, specific heats ratio, temperature ratio across the
flame, and flame speed, respectively. Note that the fluctuat-
ing flame speed is, in general, a function of the fluctuating
pressure, temperature, and flow strain rate. It should also be
noted that the unsteady terms consist not only of acoustic
fluctuations, but the superposition of the acoustic, entropy,
and vorticity modes. The mass and tangential momentum
conditions are also derived in Ref. 23 but not considered here
because, within the approximations of this analysis, are only
needed to solve for the characteristics of the entropy and
vorticity modes. See Refs. 23 and 24 for further discussion.

Although not needed for the calculations below, for
completeness we present the kinematic equation relating the
flame front position to the flow field and flame speed
characteristics:24

]j

]t
5u2v

]j

]r
2S1AS ]j

]r D
2

11 ~3!

wherej(r ,t), u, andv denote the axial flame displacement,
axial velocity, and radial velocity, respectively; see Fig. 2.
Note that Eq.~3! assumes thatj(r ,t) is a single-valued func-
tion of the radial coordinate,r. More general expressions are
given in Markstein.24

Consider the magnitudes of the terms on the right side of
Eq. ~2!, which quantify the jump in normal velocity across
the flame. The first term is ofO(Ms) relative to those on the
left, assuming thatp8;r̄ c̄u8. Assuming that the normalized
flame speed and pressure perturbations are also of similar
magnitude as McIntosh’s analysis suggests,17 i.e., S18/S̄1

;O(p18/ p̄), then the second term on the right is also of
O(Ms). Typical values ofMs are very low; e.g., the flame
speed of a stoichiometric methane-air mixture is about 40
cm/s.29 Using an upstream temperature of 300 K, this corre-
sponds to anMs value of 0.001. As such, we neglect these
terms in this analysis so that the jump conditions across the
flame are

p185p28 , ~4!

un,28 5un,18 . ~5!

A critical point regarding this assumption should be empha-
sized. The neglected terms are responsible for unsteady heat
addition and, thus, amplification or damping of the acoustic
field by the acoustic–flame interaction. At first glance, then,
it may appear that their neglect completely removes the in-
teresting physics from the problem. However, these unsteady
heat release terms can be calculated to good accuracy using
the solutions of Eqs.~4!–~5! and standard perturbation pro-
cedures. To illustrate, denote the terms on the right side of
Eq. ~2! asMsc(p8,u8, . . . ), andexpand the unsteady fields
about their value in the limit of vanishing right-hand side of
Eq. ~2!; e.g., u85uo81Msu181 . . . . The unsteady heat re-
lease can then be expanded in a similar fashion as

Msc~p8,u8,..!5Msc~po8 ,uo8 ,..!

1Ms
2S p18

]c

]p8
U

p
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1u18
]c

]u8
U

u
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D 1•••.

This shows that the leading order heat release perturbations
can be calculated using the approximations in this analysis.
The approximation utilized by invoking Eq.~5! is useful be-
cause it allows us to generate general results that are inde-
pendent of the details of the heat release model that is used.

It should also be noted that this approximation is well
supported by experiments. For example, data presented by
Lieuwen33 and Poinsotet al.34 show that the pressure ampli-

FIG. 2. Schematic illustrating variables used to characterize flame region.
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tude during an instability grows by about 1 percent each
cycle, implying that the real part of the right side of Eq.~2!
is small. Also, measurements reported by Lovett and
Uznanski35 show that the frequency shift induced by the un-
steady heat release~obtained by comparing instability fre-
quencies during stable and unstable operation! is less than 10
percent, indicating that the imaginary part of the right side of
Eq. ~2! is also small.

Several other points should be noted: First, although the
flame front is moving as a result of the acoustic perturbations
@see Eq.~3!#, for this linear analysis the matching conditions
given by Eqs.~4!–~5! are applied at the mean flame location.
Second, the velocity in Eqs.~2! and~5! refers, in general, to
the sum of the acoustic and vortical components; i.e., these
disturbance modes are coupled at the flame front where they
have similar magnitudes. In this analysis, it is assumed that
the normal vortical velocity component is small relative to
that of the acoustic component and, thus, is neglected. Be-
cause of the substantially shorter wavelength of the vortical
component and its solenoidal character, its normal compo-
nent is of the order of the flame speed Mach number relative
to that of the normal acoustic velocity.23 The tangential com-
ponents of the vortical and acoustic perturbations are of simi-
lar magnitude, however. Analysis that fully includes this
vortical–acoustic coupling shows that it results in an acous-
tic damping term that isO(Ms).

23

C. Acoustic field

As noted above, we assume that the acoustic field is
divided into two isentropic regions~of differing mean prop-
erties! up- and downstream of the flame that are coupled
across the flame front. As such, these wave motions are de-
scribed by the classical, isentropic wave equation. We as-
sume that the mean flow Mach number of the burned and
unburned gases is low and, thus, neglect convection effects
on these wave motions. With the exception of certain mili-
tary applications, such as ramjets and afterburners, this ap-
proximation is well satisfied in the flame region of most
combustion systems where the Mach number, M, is typically
below 0.1. As such, the following Helmholtz equations de-
scribe the harmonic wave motions in the regions up- and
downstream of the flame36 at an angular frequency,v:

Upstream of flame:¹2p81k1
2p850, ~6!

Downstream of flame:¹2p81k2
2p850, ~7!

wherek5v/c is the wave number. The equivalent integral
form of Eqs.~6! or ~7!, the Helmholtz integral equation, is
given by:36

Upstream of flame

p8~x!C~x!52E
S
E ~ ivr̄1u8~xs!G~xs ,x!

2p8~xs!¹G~xs,x!!•n1 dS, ~8!

Downstream of flame

p8~x!C~x!52E
S
E ~ ivr̄2u8~xs!G~xs ,x!

2p8~xs!¹G~xs ,x!!•n2 dS, ~9!

where x, xs , u8, and n denote the measurement point,
boundary surface point~consisting of the closed region de-
marcated by the flame front, combustor wall, and up- or
downstream boundary!, acoustic velocity vector, and unit
normal vector pointing out of the respective domain, respec-
tively. Also, G is the free-space Green’s function,G
5e2 ikux2xsu(4pux2xsu). For this choice ofG, it can be
shown thatC(x)51/2, 1, and 0 forsmooth boundary points,
interior domain, and exterior domain points, respectively~the
interior domain is defined as the region inside of the ducts!.37

Also, the time dependence of the harmonic oscillations is
given bye2 ivt.

Similar to the acoustic–vortical coupling at the flame,
the velocity disturbance modes are coupled at the rapid ex-
pansion point where their magnitudes are similar. This cou-
pling can be handled analytically by imposing a Kutta con-
dition at the rapid expansion; e.g., see Crighton38 or Howe.39

This vorticity generation results in an O~M! modification to
the acoustic field structure in the vicinity of this point and
acoustic damping.40 This effect is neglected in this analysis,
consistent with our prior neglect of O~M! terms. Note also
that if the position of the flame base remains fixed~i.e., it
doesn’t move in response to oscillations!, then even if this
effect were retained it would not exert much impact on the
dynamics of the flame because it is confined to the vicinity of
the rapid expansion point. This flame base condition is likely
satisfied in well-stabilized flames, but not in flames near the
point of blowout, and has been suggested as a flame front
boundary condition in prior studies.12,13Assuming it is satis-
fied, the velocity field characteristics at the stabilization point
are less important than at locations farther downstream.

Solution of Eqs.~8!–~9! requires specifying the value of
the pressure or normal velocity over the surface of integra-
tion, i.e.,p8(xs) or u8(xs)•n. The jump conditions derived in
the prior section are used to couple the acoustic field across
the flame, while the normal velocity at the combustor side
walls was set to zero. Thus, this problem reduces to that of
solving two coupled integral equations for the pressure. The
velocity is then determined from the calculated pressure us-
ing the linearized Euler equation.

The boundary element method~BEM! was used to nu-
merically solve the coupled integral equations. Except for
points whereux2xsu;0, integrals were evaluated using a
four-point Gaussian quadrature scheme. Integration in the
vicinity of the singular pointux2xsu;0 was performed ana-
lytically using a Taylor series expansion of the Green’s func-
tion. Details of implementation of the BEM are described in
Refs. 7 and 37. Comparison of the numerical solutions with
exact and approximate analytical solutions showed that er-
rors in pressure magnitude were less than 1 percent when
k1D,0.15, whereD is the boundary element width.7
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III. RESULTS

This section presents the results of typical calculations
with various geometries and conditions. To obtain these re-
sults, a plane disturbance is imposed upon the flame from up-
or downstream. Upon reaching the flame, it is partially re-
flected and partially transmitted. A nonreflecting boundary
condition~impedance,Z5rc) is imposed on the transmitted
wave side. Although more complex boundary conditions ap-
ply in realistic situations, we use these conditions because
they are canonical cases from which the wave field resulting
from arbitrary, one-dimensional up- and downstream bound-
ary conditions can be constructed. Calculations were per-
formed for frequencies below the radial duct cutoff modes,
so that only plane-wave modes propagate~calculations were
performed at frequencies above the cutoff value of the first
circumferential mode, but because the domain is axisymmet-
ric, these modes are not excited!. The computational domain
was extended far enough up- and downstream such that the
acoustic field was one-dimensional at the up- and down-
stream boundaries.

A. Qualitative structure of acoustic field

Figure 3 and Fig. 4 plot the spatial structure of the pres-
sure and velocity field in the vicinity of the flame at four
successive 90-deg phases of a cycle. The plots show the
wave field at two dimensionless frequencies. Since the inves-
tigated geometry is axisymmetric, only the top half is shown.
The mean flame location is indicated by the bold line. The
upstream, unburned region is on the left. The figure clearly

shows the multidimensional nature of the acoustic velocity in
the vicinity of the flame~while the acoustic pressure also
appears to be strongly multidimensional, this is due to the
scaling of the isobars and will be discussed below!. Note that
up- and downstream of the flame the acoustic field is one-
dimensional. This occurs because the frequencies fall below
the cutoff value so that evanescent, multidimensional distur-
bances excited in the vicinity of the flame and area expan-
sion decay with increasing up- and downsteam distance.

Examination of the velocity vectors in Fig. 3 shows that
both the axial and radial components are in phase along the
length of the flame; i.e., the fluid oscillates back and forth in
a bulk motion. Figure 4 illustrates the results of a computa-
tion at a higher dimensionless frequency, showing that the
phase of the velocity oscillations significantly changes along
the flame surface; i.e., at some points in the cycle, the instan-
taneous velocity is positive and negative at the flame base
and tip, respectively.

Several additional items should be noted from the fig-
ures. First, examination of the isobars shows the ‘‘bending’’
~i.e., refraction! of the wave as it passes through the flame. It
is interesting to note the changes in the ‘‘degree of bending’’
as the wave progresses from the base of the flame towards its
tip ~particularly evident in Fig. 3!. Second, the figures illus-
trate that successive isobars are spaced farther apart down-
stream of the flame than upstream. This difference in isobar
spacing reflects the change in wavelength,l, of the distur-
bance as the sound speed changes across the flame; i.e., since
l5c/ f , the increase in temperature by a factor of 6.67 in-
creasesl by a factor of;2.6. Note also that the isobar spac-
ing increases along the centerline, even in the unburned gas
region. This observation suggests that the acoustic field
structure in the unburned region near the flame tip is domi-
nated by the burned gas temperature. Finally, note the sig-
nificantly smaller acoustic velocities near the flame tip than
at the flame base. These lower velocities occur because of
the lower pressure gradients in this region. The effects of the
substantial density change across the flame can be seen by
comparing the velocity vectors in the burned and unburned
region near the flame tip. The velocity in the hotter, lower
density burned gas is substantially higher than in the un-
burned gas, even though the pressure gradient is comparable.

We next consider the manner in which the structure of
the acoustic field changes with area ratio of the rapid expan-
sion. Figure 5 and Fig. 6 plot isocontours of the pressure
magnitude for several expansion ratios for a case where the
incident wave originates from upstream. Note that the acous-
tic field has a standing and traveling wave structure up- and
downstream of the flame, respectively. Because the pressure-
field amplitude is constant in the traveling wave region, the
points in the figure downstream of the flame where no iso-
bars are plotted can be approximately considered as defining
this traveling wave regime. Comparison of the isobar struc-
ture in these figures illustrates a qualitative change in the
acoustic field structure with increasing area ratio. In a
straight duct, the region of highest pressure gradient~where
the largest velocities occur! occurs at an axial location some-
where between the flame base and tip. This high-pressure
gradient regime moves back toward the dump with increas-

FIG. 3. Instantaneous pressure contours and velocity vectors~at 90-deg
phase differences! for a case where the flame was excited from upstream at
the dimensionless frequencyD1 /l150.2. (Lflame/D151.59, D2 /D152,
andT2 /T156.67.)

FIG. 4. Instantaneous pressure contours and velocity vectors~at 90-deg
phase differences! for cases where the flame was excited from upstream at
the dimensionless frequencyD1 /l151. (Lflame/D151.59,D2 /D152, and
T2 /T156.67.)
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ing area ratio, indicating that the geometric features begin to
exert a stronger influence on the structure of the acoustic
field than the flame location. As will be discussed further
below, similar behavior is observed in the flame reflection
coefficient; i.e., the area ratio of the rapid expansion has a
much stronger influence on the reflection coefficient than the
flame location.

Figure 7 plots the magnitude of the isobars for a case
where the flame is excited by a disturbance originating from
downstream. Note that in this case, the downstream field has

a standing wave structure, while the upstream field is a trav-
eling wave. It can be seen that the pressure isobars exhibit
near-radial uniformity over a significantly larger portion of
the flame region in the largerD2 /D1 case. Note also that the
acoustic field has a standing wave structure over the majority
of the flame’s length, regardless of diameter ratio. These
characteristics contrast with those shown in Fig. 5 and Fig. 6,
which show that the acoustic field has a substantial traveling
wave region in the larger diameter ratio cases. This result is
significant because it shows that the pressure–velocity rela-
tionship at the flame depends upon the duct diameter ratio
and the direction from which the incident wave originates. In
turn, velocity perturbations exert a large role in disturbing
the flame and generating heat release oscillations, while the
relative phase between pressure and heat release determines
whether the disturbance is amplified or damped.

B. Dimensionality of acoustic field

We next quantify the two-dimensional characteristics of
the acoustic field in the vicinity of the flame. Understanding
this issue is important for evaluating the accuracy of simpli-
fied, one-dimensional models; e.g., see Refs. 11, 12, 13, 16.
Figure 8 and Fig. 9 compare the axial dependence of the
acoustic pressure at the centerline, flame, and wall. Except
near the flame base, these curves lie on top of each other. The
pressure at the flame and wall is particularly similar, due to
the longer acoustic wavelength in this higher temperature
region.

Several of the observations made in the prior section can
also be seen in these results. Examination of Fig. 8~upstream
wave incidence! shows that the pressure magnitude has a
nearly constant value over the last 2/3 of the flame length,
implying a traveling wave field structure. This can also be
seen from the phase results, which have a linear phase roll
that begins at roughly the same axial location (x/Lflame

;0.3). In contrast, Fig. 9~downstream wave incidence!
shows that, within the flame region, the pressure magnitude
varies axially and the phase does not, implying a standing
wave structure.

FIG. 5. Magnitude isobars at several area ratios. The flames were excited
from upstream at the dimensionless frequencyD1 /l151. (Lflame/D1

51.59 andT2 /T156.67.)

FIG. 6. Magnitude isobars at two area ratios for a longer flame length case
than in Fig. 5. The flames were excited from downstream at the dimension-
less frequencyD1 /l151. (Lflame/D154.97 andT2 /T156.67.)

FIG. 7. Magnitude isobars at two area ratios. The flames were excited from
downstream at the dimensionless frequencyD1 /l151. (Lflame/D151.59
andT2 /T156.67.)

172 J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 D.-H. Lee and T. C. Lieuwen: Acoustic near field of a flame



Figure 10 plots the maximum difference between wall
and flame pressures upon the nondimensional frequency. As
expected, the deviation between the wall and flame pressure
increases with frequency~or decreasing wavelength!. For ex-
ample, the difference inup8u at the flame front and combus-
tor wall increases from about 1 percent to 6 percent as
D1 /l1 increases from 0.1 to 0.3. The corresponding maxi-

mum phase difference between the two locations increases
from 4 to 20 degrees. These results indicate that while there
are differences between the wall and flame pressures, these
differences are not substantial. In other words, the acoustic
pressure remains nearly one-dimensional over the examined
frequency range. Reference 41 provides additional discus-
sion of the characteristics of the pressure field in premixed
flame geometries and the implications of these results upon
acoustic measurements in combustors.

In contrast, the acoustic velocity at the flame appears to
have significant two-dimensional features, as might be ex-
pected from Fig. 3 and Fig. 4. The following paragraphs
consider the departure of the acoustic velocity from quasi-
one-dimensionality by plotting the ratio of the radial velocity
component, v8, to the total velocity, v* , where v*
5v8/Av821u82 and u8 is the axial velocity component.
Note thatv* values of 0 and 1 denote purely axial and radial
velocity fields, respectively.

Figure 11 and Fig. 12 plot the dependence ofv* upon
axial location along the flame front and temperature ratio
across the flame for a case where the incident wave origi-
nates from upstream. The plots were obtained at two nondi-
mensional frequency values. Analogous results for the down-
stream excitation case are shown in Fig. 13 and Fig. 14. The
figures show thatv* values tend toward unity near the base

FIG. 8. Comparison of pressures at the flame, combustor wall, and center-
line. The flame was excited from upstream. (D2 /D152, D1 /l150.1,
Lflame/D151.73, andT2 /T156.67.)

FIG. 9. Comparison of pressures at the flame, combustor wall, and center-
line. The flame was excited from downstream. (D2 /D152, D1 /l150.1,
Lflame/D151.73, andT2 /T156.67.)

FIG. 10. Dependence of the maximum phase and magnitude difference
between the wall and flame pressure upon the ratio of the duct diameter and
wavelength. The flame was excited from upstream. (D2 /D152, Lflame/D1

51.73, andT2 /T156.67.)

FIG. 11. Dependence of dimensionless ratio of radial to total velocity mag-
nitude,v* , upon axial location along the flame and temperature ratio. The
flame was excited from upstream. (Lflame/D151.59, D2 /D152, and
D1 /l150.3.)
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of the flame but approach zero near the flame tip. These
results imply that, in all calculated cases, the acoustic veloc-
ity is dominated by the radial and axial components at the
flame base and tip, respectively, and emphasize the strong
two-dimensionality of the acoustic velocity near the base of
the flame.

As expected, the figures show that the acoustic field re-
tains two-dimensional features over a larger axial extent of
the flame at the higher frequency cases. In general, the figure
also shows that the two-dimensionality of the acoustic field
increases with temperature ratio across the flame. The pri-
mary exception to this occurs in the higher frequency cases;
see Fig. 12 and Fig. 14, nearT2 /T1;1 values, which occurs
because of an axial velocity node that occurs midway along
the flame in this shorter wavelength case. Note also that,
because of the rapid expansion at the dump plane, the acous-
tic velocity field retains its two-dimensional features even in
the case where the temperature ratio has values of unity.
However, the magnitude and axial extent of the two-
dimensional velocity features increase with temperature ra-
tio. Finally, note that the characteristics ofv* change very
little, and in only a quantitative manner for the realistic tem-
perature ratios ofT2 /T153 – 7. This implies that variations
in temperature ratio, induced by fuel–air ratio or air preheat

temperature modifications, do not cause substantial changes
in the structure of the acoustic field.

Figure 15 and Fig. 16 plot the axial dependence ofv*
for several dimensionless frequency values at the fixed
T2 /T156.67 temperature ratio. As also mentioned above,
the figure shows thatv* has non-negligible values over a
longer axial extent of the flame with increasing frequency.
This result is to be expected, because of the slower decay of
two-dimensional, evanescent disturbances with increasing
frequency. This effect is particularly prominent near the
flame tip, x/Lflame;0.5– 0.8. Next, note that the qualitative
characteristics ofv* remain essentially the same over
D1 /l1;0 – 1 range in the downstream incidence case. In
contrast, it exhibits qualitative differences in theD1 /l1

;0 – 0.4 and 0.4–1 ranges for the downstream incidence
case. Practical combustion systems have a number of acous-
tic modes with their associated frequencies whose stability
change with operating conditions and geometry. The above
results suggest that the structure of the acoustic field oscilla-
tions associated with these different modes remains similar if
D1 /l1 remains below about 0.4.

Figure 17 and Fig. 18 plot the axial dependence ofv*
for different dump expansion ratios at the fixedT2 /T1

56.67 temperature ratio. The figure shows thatv* is sensi-

FIG. 14. Dependence of dimensionless ratio of radial to total velocity mag-
nitude,v* , upon axial location along the flame and temperature ratio. The
flame was excited from downstream. (Lflame/D151.59, D2 /D152, and
D1 /l150.566.)

FIG. 15. Dependence of dimensionless ratio of radial to total velocity mag-
nitude, v* , upon axial location along the flame and dimensionless fre-
quency. The flame was excited from upstream. (D2 /D152, Lflame/D1

51.59, andT2 /T156.67.)

FIG. 12. Dependence of dimensionless ratio of radial to total velocity mag-
nitude,v* , upon axial location along the flame and temperature ratio. The
flame was excited from upstream. (Lflame /D151.59, D2 /D152, and
D1 /l150.566.)

FIG. 13. Dependence of dimensionless ratio of radial to total velocity mag-
nitude,v* , upon axial location along the flame and temperature ratio. The
flame was excited from downstream. (Lflame/D151.59, D2 /D152, and
D1 /l150.3.)
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tive to changes in area ratio only whenD2 /D1 has near unity
values. Little change inv* occurs for higherD2 /D1 values.
Given that this area ratio is generally large in practical sys-
tems, these results imply that the characteristics of the acous-
tic field exhibits virtually no dependence upon moderate
changes in this ratio.

C. Plane-wave reflection coefficient

The reflection coefficient is an important parameter that
determines the relative magnitude of the plane-wave compo-
nent of the pressure and velocity components that are forcing
oscillations at the flame. We next consider how the pressure
reflection coefficient varies with frequency and geometry and
compare it to its quasi-one-dimensional value. This quasi-
one-dimensional value can be obtained from momentum and
energy conservation considerations

R1D5
12A2 /A1AT2 /T1

11A2 /A1AT2 /T1

, ~10!

whereA2 /A1 denotes the area ratio between ducts. In order
to determine the reflection coefficient from the computed
results, the flame base was specified as the ‘‘origin’’ of the
reflected wave. Note that this choice of origin affects the

phase, but not the amplitude of the reflection coefficient.
Figure 19 plots the dependence of the reflection coefficient
upon the dimensionless frequency for a straight duct case.
The figure shows that the reflection coefficient magnitude,
uRu, monotonically decreases with increasingD1 /l1 . This
occurs because the change in gas temperature appears less
‘‘abrupt’’ as the acoustic wavelength decreases. For the same
reasons,uRu decreases more rapidly with increasingD1 /l1

in the longer flame case,Lflame/D152.46, than the
Lflame/D150.866 case. Note also the linear phase depen-
dence uponD1 /l1 . This result suggests that a more suitable
location for the ‘‘origin’’ of the reflected wave is at an axial
location downstream of the flame base.

Figure 20 and Fig. 21 plot similar results for a case
where the diameter ratio,D2 /D1 , is 2. The figures show that
uRu does not exhibit as strong a dependence uponLflame/D1

FIG. 16. Dependence of dimensionless ratio of radial to total velocity mag-
nitude, v* , upon axial location along the flame and dimensionless fre-
quency. The flame was excited from downstream. (D2 /D152, Lflame/D1

51.59, andT2 /T156.67.)

FIG. 17. Dependence of dimensionless ratio of radial to total velocity mag-
nitude,v* , upon axial location along the flame and dump expansion ratio.
The flame was excited from upstream. (D1 /l150.3, Lflame/D151.59, and
T2 /T156.67.)

FIG. 18. Dependence of dimensionless ratio of radial to total velocity mag-
nitude,v* , upon axial location along the flame and dump expansion ratio.
The flame was excited from downstream. (D1 /l150.3, Lflame/D151.59,
andT2 /T156.67.)

FIG. 19. Dependence of the plane-wave reflection coefficient uponD1 /l1

for a straight duct geometry. The flame was excited from upstream.
(T2 /T156.67, andD2 /D151.)
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as in the straight duct case. This result is consistent with the
above results and illustrates that the geometric characteristics
of the area expansion exert a larger impact than those of the
flame upon the acoustic field characteristics, unlessD2 /D1

;1.

IV. CONCLUDING REMARKS

This paper has presented an analysis of characteristics of
the acoustic near field of a flame. Its principal results are:~1!
the acoustic field structure exhibits primarily traveling and
standing wave characteristics when the incident wave origi-
nates from up- and downstream of the flame, respectively;
~2! the acoustic field is primarily controlled by the rapid area
expansion, as opposed to the flame length, unless the expan-
sion ratioD2 /D1;1; ~3! the magnitude and axial extent of
the two-dimensional features of the velocity field increase
with temperature ratio across the flame and frequency, re-
spectively; and~4! the acoustic pressure has dominantly one-
dimensional characteristics. These results provide increased
understanding of the dependence of the structure of the
acoustic field upon such key parameters as temperature ratio,
area expansion ratio, flame length, and frequency. The logi-
cal extension of this work is to incorporate these results into
a flame response model to determine the flame’s heat release
response to the imposed perturbations; i.e., given a model for
the flame’s response to local pressure, temperature, and ve-
locity perturbations~such as derived in Refs. 12, 17, 19, 20,
21!, the unsteady heat release may be determined from the
acoustic field values that are calculated from analyses such
as described in this paper.
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An acoustic noise removal method is used to reject engine acoustical disturbances from
aircraft-based atmospheric temperature measurements. Removal of engine noise from atmospheric
temperature measurements allows a larger wave number range to be fit while quantifying the
magnitude of atmospheric temperature turbulence. The larger wave number range was found to
result in a more statistically certain spectral slope estimate, with up to a 50% reduction in the
standard deviation of measured spectral slopes. The noise removal technique was found to break
down under conditions of weak atmospheric temperature turbulence where the engine acoustical
disturbance can be several orders of magnitude larger than atmospheric temperature
turbulence. ©2003 Acoustical Society of America.@DOI: 10.1121/1.1528591#
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I. INTRODUCTION

The goal of the atmospheric characterization group at
the Air Force Research Laboratory~AFRL! has been to mea-
sure atmospheric temperature fluctuations in the troposphere
and stratosphere using an aircraft-based sensor platform.1–3

Temperature fluctuation measurements are used in simulation
programs to assess the performance of passive and active
airborne optical systems. Temperature fluctuations at these
altitudes and in the frequency range of interest are low~on
the order of milliKelvins!. Atmospheric temperature fluctua-
tion measurements have been made using a 5mm diameter
constant current wire operating as a resistance thermometer
in the low overheat mode.4

Conditions of strong atmospheric turbulence reveal the
expected 25/3 decay for isotropic homogeneous
turbulence,5,6 as shown in Fig. 1 where the temperature spec-
tra is plotted in terms of wave number@k5 (2p f /U) where
f is temporal frequency in Hz andU aircraft velocity#. The
region of25/3 decay is referred to as the inertial subrange of
turbulence. It is characterized by a cascade of kinetic energy
from large energy-producing structures at low wave number
~outer scale of turbulence! to small energy dissipating struc-
tures at high wave number~inner scale of turbulence!. The
cascade from large to small structures is caused by nonlinear
interactions in the fluid, and it ends at the inner scale of
turbulence where viscous dissipation converts velocity shear
into thermal energy. In the altitudes of interest, outer scale
estimates are at a few tens of meters (k'0.02) and inner
scale estimates at a few centimeters (k'50),7 placing the
wave number range of interest (0.5,k,5.0) within the in-
ertial subrange of turbulence.

Under weak turbulence conditions, a23 spectral slope
is seen and believed to be associated with either transitional

laminar free shear flows or with gravity wave activity.8 It is
also under these weak turbulence conditions that other non-
Kolmogorov features appear in the temperature spectra, and
their nature depends on the aircraft flown and on the flight
Mach number at which the data was collected. These non-
Kolmogorov features can be seen in the temperature spectra
in Fig. 2, collected from a Grumman Gulfstream II~GII!
aircraft, where a ‘‘spike/bump’’ feature is noted along with
what are labeled high Mach features. The high Mach features
were examined in a separate paper9 and found to appear in
the data only when the aircraft Mach number exceeded ap-
proximately 0.78. These high Mach features were attributed
to shock formation and an associated flow separation insta-
bility which occurred once the critical Mach number10 on the
probe-mount strut was reached.

The ‘‘spike/bump’’ feature appeared in the temperature
spectra only while flying at altitudes above 28 000 ft~8530
m!. The source of the ‘‘spike/bump’’ feature was discussed in
an earlier article,11 where by examining both constant-
current-wire and microphone measurements, it was shown to
be caused by a jet screech interaction. Jet screech involves a
resonant interaction between the jet’s vortical structures and
a quasi-periodic shock cell structure that develops in the jet’s
exhaust stream.12–15 The vortical interaction results in a
strong acoustical wave that propagates upstream from the
engines and is sensed by the constant current wire as a tem-
perature fluctuation.

A. Standard data processing routine

The standard data reduction methodology used by the
atmospheric characterization group for determining the mag-
nitude of temperature fluctuation strength has followed the
‘‘spectral method’’ described by Wyngaardet al.16 where a
line is fit to the temperature fluctuation spectra when plotted
versus wave number in log-log space~cf. Fig. 1!. The line fit
is performed over a wave number range that encompasses
the inertial subrange of turbulence,5,6 and for isotropic and

a!Author to whom correspondence should be addressed; electronic mail:
hugo@ucalgary.ca

178 J. Acoust. Soc. Am. 113 (1), January 2003 0001-4966/2003/113(1)/178/7/$19.00 © 2003 Acoustical Society of America



homogeneous turbulence the resulting fit normally has a
slope of 25/3. When using the ‘‘spectral method,’’ the
strength of turbulence at wave numberk51 then character-
izes the magnitude of turbulence.

The presence of nonatmospheric sources in temperature
fluctuation measurements can lead to erroneous estimates of
atmospheric temperature fluctuation strength using the spec-
tral method. This occurs when nonatmospheric sources con-
tribute spectral energy over the wave number range where
the spectral line fit is being made. The nonatmospheric
sources are evident through both a visual inspection of spec-
tra and by calculating spectral slopes, with slopes other than
25/3 or 23 indicative of nonatmospheric-source contami-
nation. In order to improve the accuracy of atmospheric tem-
perature fluctuation measurements, it is desirable to develop
methods for removing nonatmospheric sources from the tem-
perature fluctuation data.

A noise rejection technique developed by Chung17 was
able to reject hydrodynamic pressure fluctuations~flow
noise! from microphones placed on a moving vehicle, result-
ing in an improved estimate of the vehicle’s noise. Chung’s
method was able to reject flow-noise interference from three
~or more! microphones placed close to one another, provided

that the flow noise at each microphone was mutually inde-
pendent. This paper will evaluate the validity of applying
Chung’s method to the atmospheric temperature fluctuation
data using signals from two microphones and a constant cur-
rent anemometer.

A number of basic differences exist between Chung’s
original application and the current application. In Chung’s
application, only microphone signals were used and the co-
herent signal was the desired signal~the vehicle noise!. In
the current application, a temperature sensor and two micro-
phones are used and the coherent signal~the jet screech
noise! is not the desired signal. The signal of interest is the
uncorrelated atmospheric temperature fluctuation signal.

The success of the noise rejection method will be evalu-
ated by examining the statistics of atmospheric temperature
fluctuation spectral slopes. If the method is successful, the
mean of the filtered spectral slopes should be closer to25/3
than the mean of unfiltered spectral slopes and the standard
deviation of the spectral slopes should be reduced.

The paper will begin by discussing the aircraft and as-
sociated hardware used to collect the atmospheric tempera-
ture fluctuation data. A section describing the noise removal
process will then be given. This is followed by a section
demonstrating the application of the noise removal process
to the atmospheric temperature fluctuation data. The paper
ends with a conclusions section.

II. EXPERIMENTAL HARDWARE

As mentioned in the Introduction, the goal of the atmo-
spheric characterization program has been to collect atmo-
spheric temperature fluctuation data in the troposphere and
stratosphere. Temperature fluctuations at these altitudes and
in the frequency range of interest are low and on the order of
milliKelvins. The low signal levels have led to the develop-
ment of a high-gain/low-electronic-noise constant current an-
emometer system.3

The normal constant current anemometer sensor suite
was augmented while performing the noise identification
experiments.11 Much of the hardware used during these
experiments11 was used in the current investigation and con-
sequently its description will be repeated.

A. Aircraft description

Data was collected with the constant current anemom-
eter probe mount installed on the side of a Grumman Gulf-
stream II ~GII! aircraft ~S/N 023!. The GII was equipped
with the radome of a Gulfstream III; otherwise, the aircraft
was a standard Gulfstream II. The probe mount was secured
to an existing oval panel on the lower left side of the fuse-
lage, parallel to the front landing gear and below the fuse-
lage’s horizontal centerplane.

The GII was equipped with two Rolls-Royce Spey Mk
511-8 turbofan engines. The Spey Mk 511-8 has a two-spool
type axial flow compressor, consisting of a 5 stage low pres-
sure section and a 12 stage high pressure section. The en-
gine’s jet exhaust was convergent and of the fixed-area type,
0.55 m in diameter, and was without noise suppression

FIG. 1. Temperature spectra—Kolmogorov.

FIG. 2. Temperature spectra—‘‘spike-bump’’ on GII aircraft.
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equipment. The exhaust plane of each of the symmetrically
opposed turbofan engines was 17.43 m aft of the radome
nose, and 1.94 m off of the aircraft’s centerline.

B. Anemometer Õprobe mount

The fragile nature of the 5mm constant current probes
led to the development of a protective probe mount by mem-
bers of the AFRL atmospheric characterization group in the
early 1990’s. The probe mount protects the anemometer
probes in a retracted state during ascent and then extends
them into the flow once the aircraft is above the clouds. The
probe mount consists of a strut extending perpendicular to
the fuselage wall, with two probe arms extending forward
from the strut. Heater strips mounted on either side of each
probe arm prevent the formation of ice during ascent. Power
to the heaters is turned off once the aircraft is above the
cloud ceiling. A more detailed description of the probe
mount geometry can be found in an earlier paper.9

The constant current wire probes were mounted at the
upstream tip of each probe arm, in either an extended or
retracted configuration. The probes used were DISA 55P52’s
which consist of two wires per probe. The two probe arms
provide a degree of redundancy where if the extended set of
wires should break due to a collision with an airborne par-
ticle, the other set of protected~retracted! wires are extended
and used. In the extended state, the 55P52 sensor is located
2.08 m aft of the nose of the GII, and 0.81 m off of the
aircraft’s centerline.

In addition to the constant current wires, the probe
mount had a PCB microphone~MIC #1!, Model 103A03,
flush mounted into the end plate of the probe-mount strut
~2.74 m aft of nose!. A second microphone~MIC #2! was
flush mounted into the fuselage wall above and at the same
streamwise position as the constant current wires, and a third
~MIC #3! was mounted approximately four jet-nozzle diam-
eters downstream of the engine-exhaust exit plane along the
aircraft centerline ~equidistant to both engine exhaust
planes!. Each microphone signal was fed through a battery
powered signal conditioner, PCB Model 480E09. As men-
tioned earlier, all three microphone signals were used in a
separate study11 to monitor engine acoustics and correlate
engine noise with the non-atmospheric sources found in the
temperature spectra. Only signals from the two upstream mi-
crophones~MIC #1 and #2! were used for the results de-
scribed here.

Data sets were typically 10 min in duration consisting of
four channels of fluctuating temperature data and three chan-
nels of microphone data. The data were acquired at 12 kHz
~per channel! with a TEAC RD-130TE DAT Data Recorder
which provided internal anti-aliasing filters. The data were
then transferred to an IBM RS/6000 and processed using IDL
~Interactive Data Language! based analysis routines. All
spectra presented in this paper were evaluated based on en-
sembles of 16 nonoverlapped Hanning-windowed 16384
point FFT’s. While collecting atmospheric data, aircraft
Mach number, pressure altitude, and atmospheric static tem-
perature were recorded manually.

III. NOISE REMOVAL PROCESS

As mentioned in the Introduction, the noise removal pro-
cess used in this paper is based on a technique17,18 that was
originally developed to remove hydrodynamic pressure fluc-
tuations~flow noise! from three or more microphone signals.
The method uses coherence function relations between si-
multaneous measurements at three physically separate trans-
ducer locations and computes the coherent spectral energy
between all three signals. The three signals used for the re-
sults reported in this paper are one of the constant current
anemometer signals~Signal #1 denoted with a subscript 1!,
the signal from MIC #1 mounted in the end plate of the
probe-strut housing~Signal #2 denoted with a subscript 2!,
and the signal from MIC #2 flush mounted into the GII’s
fuselage wall~Signal #3 denoted with a subscript 3!. With
these three input signals, the analysis procedure solves for
the coherent portion of all three signals; the acoustical noise
due to jet screech. As such, it treats the atmospheric tempera-
ture fluctuation data sensed by the constant current wire as an
uncorrelated noise source. Thefiltered atmospheric tempera-
ture spectra is then computed by subtracting the coherent
acoustical spectra from themeasuredtemperature spectra.

Although not necessary for the noise removal process,
the two pressure signals measured by the microphones were
first converted into temperature fluctuations using the
relation:19

T8

Tref
5

g21

g

P8

Pref
, ~1!

where P8 and T8 are the instantaneous static pressure and
static temperature fluctuations, respectively,Pref andTref are
the local static pressure and local static temperature, respec-
tively, andg is the ratio of specific heats (Cp /Cv 51.4 for
air at 300 K!.

The first step in the noise removal process is the com-
putation of the coherence functions@gxy

2 ( f )# between every
two-pair combination of the three signals:

g12
2 5

uG12u2

G11G22
, ~2!

g23
2 5

uG23u2

G22G33
, ~3!

g31
2 5

uG31u2

G33G11
, ~4!

where theGxy’s represent cross-spectral density functions:

G125
2

NDt
@X1* 3X2#, ~5!

G235
2

NDt
@X2* 3X3#, ~6!

G315
2

NDt
@X3* 3X1#. ~7!

HereX1 represents the complex Fourier Transform of Signal
#1 andX1* its complex conjugate. TheN in Eqs.~5!, ~6!, and
~7! represents the number of points used to compute the FFT
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and Dt the time interval between consecutive data points.
The other terms in Eqs.~2!, ~3!, and~4! are the autospectral
density functions and are given by:

G115
2

NDt
@X1* 3X1#, ~8!

G225
2

NDt
@X2* 3X2#, ~9!

G335
2

NDt
@X3* 3X3#. ~10!

Once all three coherence functions have been deter-
mined, the coherent portion of each of the three spectra can
be computed using the following relations, with derivation
given in Chung:17

G18185G11S g123g31

g23
D , ~11!

G28285G22S g233g12

g31
D , ~12!

G38385G33S g313g23

g12
D . ~13!

The coherent portion of each spectra is the engine-acoustic
noise that has been filtered of uncorrelated atmospheric tem-
perature fluctuations in the case ofG1818 , and uncorrelated
hydrodynamic pressure fluctuations in the case ofG2828 and
G3838 . The desired atmospheric temperature fluctuation
spectra can then be solved for by subtracting the engine-
noise-induced coherent portion (G1818) from the measured
constant-current anemometer temperature spectra (G11), re-
sulting in a finalfiltered spectra (G1 f1 f

). The filtered atmo-
spheric temperature spectra can be expressed as

G1 f1 f
5G112G1818 ~14!

from which atmospheric temperature fluctuation strength is
determined using the spectral method.

As will be described in the next section, it was found
useful to perform a smoothing operation on the term in
brackets in each of Eqs.~11!, ~12!, and ~13! by combining
the value at one frequency bin with values at adjacent fre-
quency bins. This operation was found to produce smoother
filtered spectra. Chung17 found a similar benefit while per-
forming a spectral smoothing operation on the final filtered
spectra (G1 f1 f

). Although both smoothing operations are
equivalent, the operation performed here was the preferred
method as it enabled one to observe where energy was being
removed from the original unfiltered spectra (G11) by exam-
ining the smoothed multiplicative factor in Eqs.~11!, ~12!,
and ~13!.

IV. RESULTS

In this section, a case study is made by applying the
noise removal procedure to one 10 min segment of atmo-
spheric temperature data. As will be shown, the overall suc-
cess of the noise removal process depends on the relative
signal-to-noise ratio between atmospheric temperature fluc-

tuations and engine-acoustic noise. The signal-to-noise ratio
of this particular ten minute data set is typical of data col-
lected during the atmospheric characterization experiments.

An unfiltered power spectral density function of the tem-
perature fluctuation signal for the last 22 s of the data set is
shown in Fig. 3. As can be seen, the jet screech spike, a
harmonic, and evidence of a broader underlying bump are
apparent from the temperature spectra.

The coherence function between the constant current an-
emometer signal and the probe-strut-mounted microphone is
shown in Fig. 4. Comparing Fig. 4 with Fig. 3, the region of
high coherence noted in Fig. 4 coincides with the location of
the spike and bump in Fig. 3. The level of high coherence
indicates that much of the energy in the temperature fluctua-
tion spectra is due to engine-acoustic noise.

The multiplying factor (g123g31/g23) used in Eq.~11!
to condition the original spectra is shown plotted in Fig. 5.
As can be seen, wavenumbers encompassing the range 1
,k,10 have multiplying factors close to 1.0 where much of
the temperature spectral energy is attributed to engine-
acoustic noise. Wavenumbers below 1 and greater than 10
show multiplying factors on average around 0.3. It is known
from the results of the noise identification studies11 that the
amplitude of the jet disturbance drops off for wave numbers
less than 1.0. As such, the contribution of engine acoustical
noise to atmospheric temperature spectral energy for wave
numbers below 0.3 can be assumed negligible. Consequently,

FIG. 3. Unfiltered PSDG11 .

FIG. 4. Coherence functiong12
2 between CCA and probe-strut microphone.
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the noise removal process was applied only to a wave num-
ber range where engine noise contamination was expected,
translating to wave numbers greater than 0.3 for the current
application.

In an effort to produce a more continuous filtered spec-
tra, frequency smoothing was applied to the coherency factor
plotted in Fig. 5~the data in this figure was produced by
smoothing over 11 frequency bins!. Examples of three fil-
tered atmospheric temperature spectra (G1 f1 f

) with increas-
ing amounts of smoothing are shown in Figs. 6, 7, and 8. The
effect of increased smoothing is seen to be a reduction in the
number of discrete spectral spikes.

A. Turbulence strength quantification using the
‘‘spectral method’’

A visual comparison between the three filtered spectra
~Figs. 6, 7, and 8! and the unfiltered spectra~Fig. 3! shows
that the noise removal process removes much of the energy
that caused the unfiltered spectra to appear non-Kolmogorov
~slope other than25/3). The straight lines overlayed on each
of the spectra in Figs. 3, 6, 7, and 8 represent the results of
linear regression applied to the spectra in log-log space. The
regression for the unfiltered spectra was performed over two
wave number ranges, 0.05,k,0.5 and 0.5,k,4.0, result-
ing in two different spectral slopes. The wave number range
with the slope closest to25/3 was the one used to quantify
the strength of atmospheric temperature turbulence. The re-

gression for the filtered spectra was performed over three
wave number ranges: 0.01,k,0.3, 0.2,k,4.0 and 0.05
,k,5.0, again with the range resulting in the slope closest
to 25/3 the one used to quantify the strength of atmospheric
temperature turbulence. The 0.01,k,0.3 range, encompass-
ing wave numbers not affected by the noise removal process,
was selected as a default condition should the noise removal
process result in erroneous spectra. An example breakdown
in the noise removal process will be given at the end of this
section.

As mentioned in the Introduction, a slope of25/3 is
indicative of Kolmogorov turbulence in the inertial subrange
while slopes of23 can be anticipated for either transitional
laminar free shear flows or for gravity wave activity. As
such, examining the slopes of all of the unfiltered and filtered
spectra in the ten minute data set considered in the case study
provides a quantitative means of assessing the merits of the
noise removal process. Table I lists the means and standard
deviations for all of the unfiltered and filtered spectral slopes,
with varying amounts of smoothing applied to the filtered
spectra. Although the mean slope does not change signifi-
cantly with the application of noise removal, the standard
deviation of the spectral slopes is seen to change a great deal.

FIG. 5. Multiplying factor (g123g31 /g23) from Eq. ~11!.

FIG. 6. Filtered PSDG1 f1 f
-3 point smoothing.

FIG. 7. Filtered PSDG1 f1 f
-7 point smoothing.

FIG. 8. Filtered PSDG1 f1 f
-11 point smoothing.
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Reductions in standard deviation by as much as 50% are
noted while comparing the results of the 11-point-smoothed
filtered spectra with the unfiltered spectra.

The reduction in standard deviation of spectral slopes
with application of the noise removal process can be made
more evident by examining histograms of spectral slopes for
the entire ten minute data set. Histograms of both unfiltered
and filtered spectral slopes are shown in Figs. 9 and 10,
respectively. The reduction in standard deviation of spectral
slopes with application of the noise removal process is sig-
nificant for it shows that turbulence that was originally inter-
preted as non-Kolmogorov~slopes other than25/3) is actu-
ally very close to being Kolmogorov, only masked by
nonatmospheric sources in the temperature fluctuation data.

B. Low signal-to-noise ratio case

Although the results presented thus far are encouraging,
the effectiveness of the noise removal process is restricted by
the relative signal-to-noise ratio between atmospheric tem-
perature fluctuations and engine noise. This can be demon-
strated by first considering the unfiltered spectra shown in
Fig. 11, and then examining the results of the filtering pro-
cess in Fig. 12. Although the filtering process is seen to have
removed a significant amount of energy, the resulting filtered
spectra still remains contaminated. As such, for cases of
weak atmospheric temperature fluctuation strength the most
reliable method of estimating spectral magnitude remains to
examine only those portions of the spectra where engine
noise is known not to contaminate (k,0.3).

FIG. 9. Unfiltered spectral slopes.

FIG. 10. Filtered spectral slopes.

FIG. 11. Unfiltered PSDG11 .

FIG. 12. Filtered PSDG1 f1 f
-11 point smoothing.

TABLE I. Spectral slopes and slope standard deviation.

# Points smoothed mslope sslope

Unfiltered 21.55 0.254
3 21.54 0.142
5 21.55 0.139
7 21.56 0.136
9 21.57 0.134
11 21.57 0.133
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It should be mentioned that the data presented in Fig. 11
was collected at a high cruise velocity. These are the same
conditions that result in engine acoustical energy at the low-
est wave numbers and with the highest spectral
magnitudes.11 Consequently, engine noise is most detrimen-
tal to the measurement of atmospheric temperature turbu-
lence strength while flying under these conditions. As a re-
sult, a second method that has been implemented in order to
improve data quality has been to fly the aircraft at as low of
a speed as possible while collecting data, moving the en-
gine’s acoustical disturbance to higher wave numbers with
diminished magnitude.

V. CONCLUSIONS

The presence of jet-noise in atmospheric temperature
fluctuation measurements forced spectral slopes to be fit over
two different wave number ranges when processing unfil-
tered spectra. A case of strong atmospheric temperature fluc-
tuation ~Fig. 1! permitted spectral slopes to be fit over the
relatively large wave number range 0.5,k,4.0 as the strong
atmospheric temperature signal masked the nonatmospheric
engine noise. A case of intermediate atmospheric tempera-
ture fluctuation strength~Fig. 3! required spectral slopes to
be fit over a wave number range (0.05,k,0.5) where
acoustical energy was weaker and consequently did not con-
tribute to the atmospheric temperature’s spectral energy.

A noise removal technique, originally presented by
Chung,17 was found to be successful at removing the effects
of engine noise from aircraft-based atmospheric temperature
fluctuation measurements. The addition of two microphones,
located within the vicinity of the constant current anemom-
eter wire, were the only hardware changes required to imple-
ment the noise removal method.

By removing spectral energy due to the engine-related
acoustic source, the noise-removal process enabled linear re-
gression to be performed over a larger wave number range
(0.05,k,5.0) than was possible using unfiltered spectra.
This larger range allowed the computation of spectral slopes
based on an increased number of data points, resulting in
more statistically certain slope estimates. The procedure de-
scribed was found to reduce the standard deviation of atmo-
spheric temperature spectral slopes by as much as 50%.

The noise removal process was shown to be successful
as long as the magnitude of the atmospheric temperature
fluctuations were on the same order as the acoustical signal.
The noise removal process was found to break down under
conditions of weak atmospheric temperature turbulence
strength where engine noise can be up to several orders of
magnitude greater than atmospheric temperature fluctuations.

It was found beneficial under these weak turbulence condi-
tions to fit the temperature spectra over a low wave number
range (0.05,k,0.3) where engine noise is known to con-
tribute little to temperature fluctuations.
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Estimating the direction of arrival of sound in three-dimensional space is typically performed by
generalized time-delay processing on a set of signals from a fixed array of omnidirectional
microphones. This requires specialized multichannel A/D hardware, and careful arrangement of the
microphones into an array. This work is motivated by the desire to instead only use standard
two-channel audio A/D hardware and portable equipment. To estimate direction of arrival of
persistent sound, the position of the microphones is made variable by mounting them on one or more
computer-controlled pan-and-tilt units. In this paper, we describe the signal processing and control
algorithm of a device with two omnidirectional microphones on a fixed baseline and two rotational
degrees of freedom. Experimental results with real data are reported with both impulsive and speech
sounds in an untreated, normally reverberant indoor environment. ©2003 Acoustical Society of
America. @DOI: 10.1121/1.1518469#

PACS numbers: 43.28.Tc, 43.60.Gk@LCS#

I. INTRODUCTION

In human auditory perception, it is believed that there
are three basic cues from which most sound localization is
derived.1,2 Interaural time difference is the primary horizon-
tal cue for humans at lower frequencies~below 1 KHz!. In-
teraural intensity~or level! difference is the primary horizon-
tal cue at higher frequencies~above 4 KHz!, which
correspond to wavelengths smaller than the size of the ear.
Spectral cues are due to the fact that the spectral character-
istics of a perceived sound are affected by the presence of
one’s outer ears, head and torso. Spectral cues extend our
perception into the vertical plane.

Many existing implementations of sound source local-
ization have used arrays of omnidirectional microphones
with beam forming3 and generalized time-delay
techniques.4,5 These approaches often require special purpose
multichannel A/D hardware which generate significant
amounts of signal data and require intensive computation.
Large spatial separation between microphones and a larger
number of microphones~16! are used4,5 to steer a camera
towards a speaker in a normally reverberant conference room
setting. This system performs speaker localization in three-
dimensional space, not simply direction-of-arrival estima-
tion. The system performs well in typical conference rooms
with good accuracy in both sound direction and location.
Rabinkinet al.4 report a 30 cm accuracy in the estimate of a
sound source position in three-dimensional space for similar
size and style rooms as used in our experiments. This corre-
sponds to an angular resolution of 5.7° in the sound direction
at an average 3 m distance which is comparable to that
achieved in our work. Rabinkinet al. also performed tests in
larger reverberant rooms like auditoriums and found that
their errors increased significantly. However their system is

nonportable as it depends on the placement of the micro-
phones within the room which can occupy a fair amount of
space as the microphones are as much as 0.5 m apart.

Another approach using two microphones is reported by
Zakarauskas and Cynader.6 The authors simulate the human
auditory system by focusing on spectral cues for three-
dimensional sound source localization and modeling the
spectral characteristics from which humans derive directional
information. This is done by means of a neural network
where the system would learn its spectral cues to localize
sounds. Simulation results show remarkably good accuracy
of better than 1° for broadband sounds. However for tests
involving human voice their results were relatively poor with
15°–30° error. This limits their approach to applications in-
volving broad band sounds. In comparison, the work re-
ported in this paper maintains nearly the same error bounds
for both broad band and voice sources although more signal
processing is required in the voice testing to maintain reli-
able time-delay values.

Estimating the direction of a sound source from signals
received at two fixed directional microphones has been ad-
dressed and tested only in simulation mode by Datumet al.7

In their work, the microphones are fixed in space, both point-
ing forward with a slight difference in elevation. The central
problem addressed is how to represent the nonlinear map-
ping from signal features to source direction, which is solved
by an artificial neural network. The inputs to the neural net-
work are estimates of both the time delay and the intensity
difference at a number of distinct frequencies. The measure
for the time delay is the phase difference at the two micro-
phones. The measure for the intensity difference is the inten-
sity ratio ~in dB! at the two microphones at distinct frequen-
cies. Datumet al. report on performance of their method in
simulation. An average position error of less than 10 cm can
be reasonably inferred from their figures. At distance of 1 m
between source and sensors, this corresponds to an angulara!Electronic mail: eem@cs.dal.ca
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error of 5.7°, and puts those results very close to both
Rabinkinet al.4 and the errors achieved in our study. How-
ever it should be noted that their range of errors changes
greatly by position and by the amount of noise added to the
training sessions. Localization of sources near zero incidence
angle can be estimated most accurately, but for other inci-
dence angles the error is much worse than 5.7°. Our system,
in a similar azimuth range, did not show the same degrada-
tion at larger angles, which was naturally expected due to our
active approach that adapts the orientation of the microphone
baseline to the direction of incidence of the incoming sound
signal.

Our work intends to replace the functionality of an array
of microphones with two microphones mounted on a
computer-controlled pan-tilt unit, as shown in Fig. 1. The use
of active microphones achieves with physical motion what
microphone arrays must achieve with massive data collection
and computation. We call our approach ‘‘Active Audition’’,8

the auditory equivalent of ‘‘Active Vision’’,9 where cameras
are mounted on PTUs and verging stereo is used for tracking
visual targets. Here we investigate the computational prin-
ciples underlying the active audition approach. The objective
is to develop and evaluate the performance of algorithms for
source direction determination using an active audition sys-
tem. Two more approaches, one using a directional micro-
phone with two rotational degrees of freedom and another
using a combination of a directional and an omnidirectional
microphone are discussed in a technical report.10

Section II describes the proposed methodology and lo-
calization principle. Section III presents the signal process-
ing required for estimating interaural time differences~time
delays! from both impulsive and speech signal data. Section
IV presents experimental results with both impulsive and
speech sounds. Section V discusses the feasibility and prop-
erties of the proposed method.

II. ACTIVE SOUND SOURCE LOCALIZATION

The essence of the approach is to locate the direction of
arrival of sound as the intersection of two cones sharing the
same vertex. We first review the relation between direction
of arrival and time delay estimated at two omnidirectional
microphones. Then we describe the geometry of direction of
arrival estimation in three-dimensional space when the posi-
tion of the two microphones is computer controllable.

A. Time-delay estimation

In the two-dimensional version of the direction-of-
arrival estimation, the time delay between the signals from
two omnidirectional microphones is related to the angle of
incidencea ~Fig. 2! and is calculated by simple geometric
constraints,

sin~a!5
ct

b
5

cn

f b
, ~1!

wherec is the speed of sound,t is the time delay in seconds,
n is the time delay in samples,f is the sampling frequency,
andb is the length of the baseline between the microphones.
To achieve subsample accuracy in the estimation of time
delay t, it is possible to perform quadratic interpolation on
the three correlation values atn21, n, n11 centered at the
maximum of the correlationn, but this was not done in this
work.

B. Far-field assumption

Equation ~1! makes the assumption that the sound
source is a large enough distance away so that the direction
of arrival of the sound is approximately the same at both
microphones. This is strictly true for a source at an infinite
distance away.

The general case is given in Fig. 2. Time delay corre-
sponds to the path length difference betweenr 1 and r 2 :

Time Delay5~r 22r 1!/c, ~2!

wherer 1 andr 2 are related to the angleg towards the sound
source as taken from the center of the baseline by using the
cosine law

FIG. 1. Left: A directional microphone mounted on a computer controlled
pan-tilt unit ~PTU!. Right: A pair of omnidirectional microphones spatially
separated also mounted on a PTU. The PTUs allow the microphones’ posi-
tion and orientation to be manipulated creating an active system.

FIG. 2. The top figure illustrates the near-field situation with respect to two
microphones listening to the same source. The bottom figure plots the error
created as a result of using a far-field approximation in near-field cases. The
error is a function of both the angle to the sound source and the ratio of the
distance to the source and the distance separating the two microphones.
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r 15Ar 21S b

2D 2

22r S b

2D cos~g!

5Ar 21
b2

4
2rb cos~g!, ~3!

r 25Ar 21S b

2D 2

22r S b

2D cos~p2g!

5Ar 21
b2

4
1rb cos~g!, ~4!

wherea5~p/2!2g. The error between the actual anglea and
its approximation using the far-field assumption is given by

ErrorS a,
r

bD5ua2aapproximateu5Ua2arcsinS r 22r 1

b D U.
~5!

This error is a function of both the actual source direc-
tion, a, and the ratio ofr /b. Figure 2 shows the effective
error for a number of values ofr /b over the full range ofa.
It is noted that for values ofr /b greater than 3 this error is
less than 0.1°.

C. Active omnidirectional microphone pair

This method uses two omnidirectional microphones
forming a baseline and relies on time delay information to
compute angles of incidence~directions of arrival! with re-
spect to two different positions of the microphone pair.

The intuition behind this method is the following. A
single angle of incidence measurement from a single orien-
tation of the microphone baseline constrains the source di-
rection to be on a right circular cone. This cone has its vertex
at a fixed reference point~the midpoint of the baseline! and
its axis of symmetry is the baseline itself. A single rotation of

the baseline about a horizontal or vertical axis through its
midpoint yields another cone on which the source direction
should lie. Figures 3 and 4 illustrate the concept.

For a single baseline position, the solution cone is de-
fined as follows. Its vertex is the reference point~the mid-
point of the baseline!, its axis of symmetry is the unit vector
along the baseline, and its anglea between the normal of the
baseline and any line of the cone that contains its vertex is
given by Eq.~1!. Solving for the source direction is a geo-
metric problem of finding the intersection between two
cones. More generally, if time delay measurements from
more than the minimum number of baselines required are
obtained then we have an overdetermined problem and the
solution is found by satisfying a least squares criterion.

Consider the unknown source direction as a unit vectors
with its start at the reference point and pointing towards the
sound source. This vector is the unique solution and is inde-
pendent of the orientation of the baseline. The following con-
straint ons then applies for a particular orientationi of the
baselinebi and a direction of arrival at angleg i with respect
to baseline~unit! vectorbi,

s•bi5cosg i ~6!

or equivalently,

sxbix1sybiy1szbiz5cosg i5cos~p/22a i !5sina i , ~7!

where quantitiesbix , biy , biz are the Cartesian coordinates
of a unit vector with azimuth and elevation given by
(u i ,f i), respectively. Azimuth and elevation of the micro-
phone baseline are controlled by the motors of the pan-and-
tilt unit. Angle g i5(p/2)2a i represents the direction of ar-
rival with respect to the selected baseline position. Using Eq.
~1!, g can be computed from the measured time delay of the
microphones. Combining~1! and ~7! becomes

FIG. 3. Two microphones form a baseline,b with an
orientation~u,f! in 3D space. The direction to a sound
event is given bys. The simple two-dimensional solu-
tion yields the angle,a, betweenb ands on the plane
that they form. This is the basis for the three-
dimensional solution.

FIG. 4. Two different positions of the baseline yield
two solution cones, which intersect at two lines denoted
by s ands8, representing possible directions of arrival.

187J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 G. L. Reid and E. Milios: Active stereo sound localization



sx cosu cosf1sy sinu cosf1sz sinf

5sina i5
cn

f d
~8!

which is a linear equation with three unknowns,sx , sy , sz .

1. Linear solution

To find a unique solution for the sound source direction
requires solving for the unknown variablessx , sy , andsz .
Since Eq.~8! is linear, this can be solved by obtaining three
linear equations. Before solving this linear system of equa-
tions using one of the standard methods, it is necessary to
ensure that the equations are consistent and yield a unique
solution. Equivalently, we require that the three correspond-
ing b vectors not be coplanar. To ensure this, baseline control
can alternate between changing the azimuth,u, and eleva-
tion, f components of the baseline orientation.

2. Nonlinear solution

For each orientation of the baseline there is a different
instantiation of Eq.~7!. There is also an implicit nonlinear
constraint thatsx

21sy
21sz

251 sinces andb are unit vectors.
To computes, a least squares approach can be used.

Rewriting Eq.~7! gives

f i~sx ,sy ,sz!5sxbix1sybiy1szbiz2ci50, ~9!

whereci5cosgi and

f nonlinear~sx ,sy ,sz!5sx
21sy

21sz
22150. ~10!

The solution can be obtained by solving the following
minimization problem insx , sy , andsz ,

min
sx ,sy ,sz

S f nonlinear~sx ,sy ,sz!1l(
i

f i~sx ,sy ,sz! D . ~11!

Weight l was chosen equal to 1. Iterative nonlinear op-
timization algorithms can then be used to solve this
problem.11 In order to assure convergence, an initial solution
is required which is near the correct solution. The simplest
way to ensure convergence is to first calculate the linear
solution of a set of three linear equations obtained by instan-
tiating Eq.~7! for three different orientations of the baseline,
and then to refine the linear solution by using the nonlinear
approach after inclusion of the nonlinear constraintsx

21sy
2

1sz
251.

III. SIGNAL PROCESSING FOR TIME-DELAY
ESTIMATION

We now describe the signal processing techniques for
reliable time-delay estimation. A time delay is estimated by
correlating the two channels of a window of stereo sound
data from the two microphones, and looking for the peak of
the correlation function. The location of the peak corre-
sponds to the time-delay estimate~interpolation to achieve
subsample accuracy was not used!. Before correlation, filter-
ing is carried out to reduce noise, and a signal level test is
performed to check for the presence of a genuine sound
event. The peak in the correlation function must be strong for

it to be used for time-delay estimation. The correlation level
test is carried out for this purpose. A conservative threshold
is chosen to reduce the likelihood of a false peak being used.
The field of optimal time-delay estimation has a long history
and it is fairly advanced.12,13 In this work we have followed
a rather basic approach to the problem. In future work, we
plan to use more sophisticated techniques from the literature.
Figure 5 shows a summary of our approach.

The five steps are the following:

~1! Filtering. This involves high pass filtering to eliminate
low-frequency interference~for example due to ventila-
tion fans!. A high pass linear-phase FIR filter was de-
signed using the McClellan–Parks algorithm14 with 185
taps. The upper and lower edges of the two bands as a
fraction of the sampling frequency were band 1@0.000,
0.005#, and band 2@0.015, 0.5#, or, in terms of frequen-
cies in Hz, band 1@0 Hz, 110.25 Hz#, band 2@330.75 Hz,
11025 Hz#. Desired responses were 0 and 1 and weights
were 10 and 1 for bands 1 and 2, respectively.

~2! Signal level test. This involves a test to discriminate be-
tween the presence of a sound event to be located and
‘‘silence.’’ Only if the average signal level and absolute
peak signal level within the recorded window is signifi-
cantly larger than estimates of the same quantities for
background sound will the window be used to estimate a
time delay. Otherwise it will be discarded.

FIG. 5. Signal processing for time-delay estimation.
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~3! Correlation domain limit. The correlation function,c, is
given by

c~i!5(
t

sr~t1i!sl~t!, ~12!

where sr and sl are the right and left signal channels,
respectively, andt ranges over the time window of the
input signals. Correlation indexi is calculated over a
much smaller range~620 samples! corresponding to the
expected range of delays for the baseline of 30 cm,
which corresponds to a propagation delay of 20 samples
between the two microphones. The time window used
contains 4000 samples, or 0.18 s. From Fig. 6 we see
that reflections off the floor or ceiling travel over a path
of about 3.4 m, reflections off side walls and wall behind
the speaker travel over a path of about 6.5 m. Given that
the direct path is 2.1 m, the above propagation paths
correspond to delays of 3.8 ms~85 samples! and 13 ms
~288 samples! for floor/ceiling and side/back wall reflec-
tions, respectively. This implies that the time window
includes reflected signals. The strongest reflected signals
are the ones off the floor and ceiling, which arrive from
the same azimuth as the direct path signal, but from dif-
ferent elevations. As a result, we would expect higher
repeatability and lower variance in the azimuth esti-
mates. This is confirmed by the experimental results pre-
sented later. The value ofi that maximizesc( i ) corre-
sponds to the time-delay estimate for the direct path

signal. The interval over whichi can vary for time-delay
estimation is much smaller than the duration of the input
signals. As a result, it is sufficient to use the direct for-
mula above for computing the correlation function over
the interval of interest. Limiting the interval over which
c( i ) is computed has the effect of eliminating ghost
peaks in the correlation function that are due to shifts
equal to multiples of the period of a periodic signal.

~4! Correlation peak level test. For reliable time-delay esti-
mation, the correlation function should have strong posi-
tive peaks. To reduce the likelihood of false peaks, we
require that the maximum peak be considerably greater
than both the largest secondary peak as well as the aver-
age of the correlation function.

~5! Multiple time delay test. A final check on the result is
performed by clustering the time delay from a number of
consecutive signal time windows~with fixed baseline
orientation! and discarding the outliers.

Impulsive sounds are characterized by a sudden large
intensity change which quickly decays into background
noise. Examples include a hand clap or a slamming door. The
frequency spectrum is broad band. Since these events are
very short in time duration, the entire signal is often captured
within one sampling window. The sudden large intensity
peaks are easy to detect by the peak-based signal level test
described earlier.

In the case of speech, the sound event will likely have
occurred over several consecutive sampling windows.
Speech is comprised of many different kinds of sounds, some
or all of which could appear within a sampling window.
Some of these sounds will be more difficult to estimate time
delay from, for example, unvoiced sounds or whispering due
to their low intensity. So in the case of speech it is desirable
not only to eliminate sample data which does not contain
sound, but also data which are less likely to produce reliable
time-delay estimates. This is accomplished by the signal
level test.

IV. EXPERIMENTAL RESULTS

Two sets of experiments are described in this section.
The first uses an impulsive sound and the second experiment
uses speech. The experiments apply a listening apparatus
controlled by computer to locate the direction of arrival of
sound in three dimensions. The sound source is a speaker,
which is placed in a fixed position and the computer is asked
to estimate its position 25 consecutive times, while the
speaker plays back continuous speech. The experiment is
repeated for impulsive sounds without changing the position
of the speaker, while the speaker plays back repeated hand
claps.

The source is then moved and the experiment is repeated
for both speech and hand clap sound in the new position. For
each source position, the difference between the estimates of
azimuth and elevation obtained from the speech and hand
clap sound, and the standard deviation of the multiple esti-
mates give an indication of the consistency of the algorithm.

FIG. 6. The measurements for the experimental setup are shown above. The
dotted arc represents possible positions of the sound source which are al-
ways kept at a constant distance from the microphone apparatus.
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A. Experimental setting

The environment for the following experiments is an
ordinary rectangular room about 6 m wide, 7 m long, and 3
m high. The center of the room has been cleared of furniture
and the listening apparatus is placed on a cart at a distance of
2.1 m~7 ft! from the area where the sound source is located.
The room is carpeted, has standard ceiling tiles, windows, a
white board, wall-mounted book shelves and a small counter
in one corner. No special treatment was made to the room,
therefore the room exhibits reverberation qualities typical of
a conference room. The room arrangement and positioning
of apparatus and sound source are shown in Fig. 6.

The listening apparatus for these experiments consists of
a pair of two Genexxa 3303003 electret condenser micro-
phones~with diameter of approximately 8 mm! mounted at
either end of a wooden rod forming a baselineb of length 0.3
m. The assembly is mounted on a Pan-Tilt Unit~PTU! al-
lowing its orientation (bu ,bf) to be controlled by computer.

In order for the far-field assumption to be applicable, the
distancer to the sound source must be sufficiently larger than
the length ofb @Eq. ~5!#. We selected a distance ofr 52 m
which corresponds tor /b56.7.

Figure 2 shows the error introduced by making the far-
field assumption with these parameters. It is less than 0.05°
for the worst case, which is acceptable for this application.

Sound signal collection is done in stereo through a con-
ventional A/D sound board on a Macintosh Powerbook 520
~upgraded to a PowerPC processor! at a sampling rate off
522 050 Hz and using 16-bit resolution. Using Eq.~1! and
setting the time delay value to the equivalent ofn51 gives
the best resolution that can be expected from this listening
apparatus

amin5sin21S c

f bD'3°. ~13!

The number of discernible angles can then be calculated
by determining the range of time-delay values for this setup.
To find this, consider a sound source ata590° to the base-
line and apply Eq.~1!,

6n56
f d

b
5'619. ~14!

The value ofn must be an integer since it represents the
time delay as a number of finite samples~assuming no inter-
polation to achieve subsample resolution in estimatingn!.
The number of possible time delays is then the range of
@219, 19# which is 39 discrete values. Equation~1! is used to
map all the possible time delays in integer units to their
corresponding angles. Table I shows the discernible angles
for a which can be achieved for time-delay values of 0 to 19.
The table is symmetric for the negative time-delay values.

Table I demonstrates that the theoretical resolution of
approximately 3° or equivalent maximum error due to angle
quantization of61.5° is accurate only at a time delay of 1
but remains reasonably close to that value up to about time
delay of 14~46.4°! where after the error begins to diverge.
This is reflected in the values of maximum error due to angle
quantization. Therefore, it would be desirable to orient the
microphone baseline so as to obtain time-delay values inside
the214 to 14 range wherever possible. This is accomplished
using a simple algorithm to steer the orientation of the mi-
crophones within this range. The ability of the active ap-
proach to adapt the geometry of the sensing apparatus to the
direction of arrival is an important advantage over the fixed
array approaches.

The algorithm used for orientation control is given in
Table II. It uses the last time-delay measurement to deter-
mine how to change the orientation of the microphones and
whether to make a relatively large or small change. A ran-
dom factor is added so that the same set of orientations are
not repeated in cycle. Movements are made in azimuth or
elevation but not in both and alternate each time an orienta-
tion is changed. This is done to ensure that every three con-
secutive orientation vectors,bi, cannot be coplanar, which
would create an underdetermined set of equations. In these
experiments, the algorithm is applied to azimuth~pan! move-
ments. This is due to the PTU elevation~tilt ! range being too
limited, so two specific elevations are alternated.

The need for mechanical steering of the microphone pair
makes our method suitable in cases where the sound source
is either stationary in space or moves much slower than the
time constants involved in the mechanical movements of the
pan-and-tilt unit. Fixed arrays have an advantage where rapid
movement of the sound source is involved.

The experiment requires measurements to be taken with
the sound source at different locations in three-dimensional

TABLE I. Discernible angles for time delays in integer units for our experimental setup. The maximum error
due to angle quantization is also shown.

Time delay
in integer units Angle Max error

Time delay
in integer units Angle Max error

0 0.0° 1.48° 10 31.1° 1.76°
1 3.0° 1.49° 11 34.7° 1.84°
2 5.9° 1.49° 12 38.3° 1.94°
3 8.9° 1.51° 13 42.2° 2.07°
2 11.9° 1.52° 14 46.4° 2.24°
5 15.0° 1.55° 15 50.9° 2.48°
6 18.1° 1.57° 16 55.8° 2.85°
7 21.2° 1.61° 17 61.5° 3.41°
8 24.4° 1.65° 18 68.5° 5.34°
9 27.7° 1.70° 19 79.2° 5.34°
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space. To accomplish this, predetermined distances from the
wall and heights from the floor are mapped out in a grid.
These distances were calculated by considering source posi-
tions at azimuths fromu5240° to 40° in 10° increments at

elevation f50°. Likewise, the heights were taken from
f5230° to 20° in 10° increments withu50°. However in
order to maintain equal signal levels throughout the experi-
ment, the sound source must always be kept at a constant
distance from the listening apparatus. The result is that the
actual sound source azimuthu will stretch with elevations off
of zero. The sound source remained in the same position for
both experiments~impulsive and speech! before being
moved to the next position. In this way, the proximity be-
tween the direction estimates from the impulsive and speech
sounds is an indication of the precision of these estimates.

B. Impulsive source

For the impulsive sound experiment a recording of a
single hand clap was used and repeated at 1 s intervals. The
sound event is the same to that used in Fig. 7. Using the
rationale described in Sec. III, the following tests and thresh-
olds are chosen.

~1! Filtering: The filter used was described earlier in Sec.
III. The cutoff frequency of 200 Hz is used to attenuate
line noise and environmental noise such as overhead
ventilation fans.

TABLE II. The orientation change algorithm. The termrandomrefers to a
function which would produce a uniformly distributed random number be-
tween 0 and 1.

// Choose next pan direction
if ~timeDelay,514 && timeDelay .5214!
// Small move

changeDirection521* ~sign~timeDelay!*20.0110*random;
else
// Larger move

changeDirection521* ~sign~timeDelay!*30.0120*random;
// Apply direction change alternately to pan or tilt

if ~nextPan!
panPos15changeDirection;

else
$// Alternate between two tilt values,210 and240 deg.

if ~tiltPos ,5230.0!
tiltPos5210.0;

else
tiltPos5240.0;

%
nextPan5!nextPan;

FIG. 7. The three plots show two channels of sampled
data from the experimental setup~see Sec. IV! and their
correlation. Time and time-delay unit is one sampling
period. The sound recorded is of a single hand clap, a
good example of an impulsive sound~high peaks and
short duration!. Due to reflections, the resulting corre-
lation has several smaller peaks. The strongest peak
represents the correct time delay for the given experi-
mental setup~seven samples!.
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~2! Peak level: A signal level threshold equal to 9.5 dB
above background noise, while signal level peaks were
often about 14 dB above background noise.

~3! Correlation domain: The correlation domain is depen-
dent upon the geometry of the apparatus and sampling
rate used in audio collection. It is therefore independent
of the nature of the sound source.

~4! Correlation signal level: The primary peak in the corre-
lation signal as a function of time delay must be above a
specified multiple of the average of the correlation sig-
nal, for it to be acceptable towards estimating the time
delay. It has been determined experimentally that a ratio
of 20 succeeds in differentiating between correct and
false peaks. If the correlation signal level is below 20
times the average, then the primary peak is considered
unreliable and the time-delay estimate derived from it is
rejected. Strong peaks due to reflected signals may lead
to a high average, and therefore rejection of the primary
peak.

~5! Multiple time-delay estimates: While most often the
above techniques produced the correct time-delay esti-
mates, multiple readings were required to ensure good
estimates were produced. Five consecutive time-delay
estimates from five nonoverlapping time windows~of
4000 samples or 0.18 s each, with the next window start-
ing after the processing of the previous window has fin-
ished! were obtained over a time interval of approxi-
mately 1 s and the median value was considered the final
time-delay estimate.

C. Speech source

The speech sample was recorded from a female subject
reading a short passage of text. The sound sample was then
played back in a continuous loop. The same passage was also
read by a male reader and similar results were obtained. Us-
ing the rationale described in Sec. III, the following tests and
thresholds are chosen.

~1! Filtering: Same as in the impulsive case.
~2! Peak level: A signal level at 1.6 dB the background noise

level was chosen. The reason such a low signal level was
chosen is because, compared to the impulsive case,
speech is considerably closer in both signal level and in
frequency to the background noise level in the room.

~3! Correlation domain: Same as in the impulsive case.
~4! Correlation signal level: The primary peak of the corre-

lation function is located and its value is considered as a
multiple of the average correlation value. While speech
tends to have fewer peaks than impulsive sounds, they
are lower in magnitude and therefore result in a lower
ratio of peak to average. A ratio of 5.0 was chosen for
this test.

~5! Multiple time-delay estimates: Even after the application
of the previous tests, the system did not produce good
time-delay estimates as often as in the impulsive case. In
order to ensure good time-delay estimates, the median of
seven consecutive time-delay estimates over a time in-
terval of approximately 1.3 s was taken as the final esti-
mate.

D. Results

The results for both experiments are shown in Fig. 8.
Each ‘‘cross’’ is the result of 25 measurements of the direc-
tion of arrival of the sound source in a fixed location. The
cross is centered at the average position of those measure-
ments with its width and height illustrating the standard de-
viation of the azimuth and elevation estimates, respectively.
In general what is seen is a somewhat smaller standard de-
viation in azimuth than in elevation: the standard deviations
of the azimuth and elevation estimates from the hand clap
experiments are 2.55° and 3.61°, and from the speech experi-
ments are 2.53° and 3.65°, respectively.

Figure 9 shows the average estimated positions for the
impulsive and speech source experiments overlaid on top of
each other. There is good agreement between the impulsive
and speech source estimates: the average distances between
the impulsive and speech source estimates are 0.85° and
1.43° along the azimuth and elevation dimension, respec-
tively. The standard deviations of the distance between the
impulsive and speech source estimates are 0.68° and 1.04°
along the azimuth and elevation dimension, respectively.

FIG. 8. The graphs show the estimated sound direction of arrival in both
azimuth and elevation for an impulsive source~top! and a speech source
~bottom!. Each estimated position is computed from 25 estimates of the
source in the same position. The size of the cross represents the standard
deviation in azimuth and elevation, and the intersection of the standard
deviation lines is at the estimated position.
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V. DISCUSSION

We have presented techniques for estimating the direc-
tion of arrival of sound in three-dimensional space using
only two omnidirectional microphones on a fixed baseline
mounted on a pan-and-tilt unit, whose orientation is actively
controlled to optimize the geometry of incidence of sound
and collect multiple angle of incidence measurements that
can be combined to adequately constrain the direction of
arrival. Our approach is similar in spirit to active vision,
whereby cameras are mounted on computer-controlled pan-
and-tilt units and the geometry is adjusted to resolve com-
puter vision problems that are under constrained in the fixed
geometry case. Our approach does not require specialized
multichannel A/D hardware, and can be implemented on off-
the-shelf computing platforms that are equipped with the
standard stereo sound input. In this paper, we describe a
signal processing and control algorithm associated with our
experimental design. Experimental results are reported with

both impulsive and speech sounds in an untreated, normally
reverberant indoor environment, resulting in about 4° accu-
racy in both azimuth and elevation.
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A method of images for a penetrable acoustic waveguide
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In this paper the complex-image approximation to the reflection coefficient for water over a seabed
half-space is used to generate an image representation for a bounded acoustic waveguide with an
underlying layered seabed. The images are true point sources; they have constant amplitudes which
are raypath independent and, in the case of a Pekeris waveguide, frequency-independent. This image
representation is ideal for constructing the Green’s function kernel of the boundary integral equation
method for target scattering in a waveguide. The singular behavior of the Green’s function for an
infinitesimal source/receiver separation, possibly with the target adjacent to one of the interfaces, is
modeled correctly and the image expansion has a simple analytic form which can be analytically
differentiated. The method is also accurate for significant source/receiver separations, which means
that it can be used in the modeling of scattering from large-sized objects and can also be used as an
efficient and accurate short-range propagation model for harmonic and broadband propagation in a
penetrable waveguide.@DOI: 10.1121/1.1523082#

PACS numbers: 43.30.Gv, 43.20.El@DLB#

I. INTRODUCTION

For a perfect waveguide, it is well known1,2 that the field
within the waveguide can be exactly expressed as an infinite
series of points sources located above and below the top and
bottom surfaces of the waveguide. This representation is use-
ful for constructing the Green’s function kernel for boundary
integral equation methods~BIEM! for scattering problems
~target and bathymetric! in a perfect waveguide.3,4 For this
case, the advantage of the image approach over wave number
integrals and modal methods is at very short ranges where
the Green’s function exhibits singular behavior~and this be-
havior is crucial in the BIEM!. The singular terms consist of
the direct term and an additional singular term, when the
source and receiver point are close to one of the boundaries,
due to one of the image sources approaching the boundary.
The image method models this singular behavior very natu-
rally. The modal and wave number methods must include a
very large amount of evanescent energy to be accurate and in
the case of modal sums, there may be convergence
problems.5 The drawback of the image method for the per-
fect waveguide is that it exhibits poor convergence properties
as the source/receiver horizontal range increases. In Ref. 3,
Wu proposes a hybrid method for computing the waveguide
Green’s function for a boundary integral equation method,
using the image solution for ‘‘short’’ ranges and the modal
representation for ‘‘longer’’ ranges. Of course, if one is will-
ing to compute many terms in the image series, it is possible
to extend the validity and because of the simplicity of its
terms, it may still be computationally advantageous to use it
even if a large number of terms are required.3

For a waveguide with penetrable boundaries~i.e., not
rigid or pressure release! the extension of the image method
is not obvious. It is possible to think of images correspond-
ing to the various orders of ray multipaths in the waveguide
with amplitude terms which vary according to the angle of

reflection of the ray~i.e., ray theory thought of in terms of
images!. However, ray theory is a high-frequency theory and
requires frequency-dependent corrections to be accurate for
reflections off the seabed. A thorough discussion of these
various corrections to classical ray theory can be found in
Refs. 6 and 7. Reference 7 clearly shows that with care-
ful asymptotic analysis of the wave number integral for a
Perkeris waveguide, an accurate multipath ray theory can be
developed. However, it is not clear that a ray-based method,
even with corrections, is appropriate for accurately construct-
ing the Green’s function kernel on a scattering object~and
recall it is the normal derivative of the Green’s function that
is used in a BIEM for a rigid object!, particularly at low
frequencies, very short ranges, and for the object very near
an interface. In addition, the image method outlined in this
paper is very simple: a set of true point sources is set up,
based upon a representation of the half-space reflection co-
efficient, and any subsequent pressure field computations are
very straightforward.

The method of complex images has been used often in
the electromagnetics literature~Refs. 8–11 are examples of
this work! and recently in underwater acoustics12 as a means
of efficiently computing the half-space Green’s function. In
this method the usual wave number integral is replaced by a
small number of image terms with complex amplitudes and
positions. This method has been used to efficiently compute
the Green’s function to solve scattering problems.10,11 Refer-
ences 8–12 also discuss the details of numerically determin-
ing the exponential fits and give examples of the efficiency
and accuracy of the method, including layered media.11 Our
original motivation for the image method of this paper was
to determine a set of complex images that could be used to
accurately construct the Green’s function kernel for a BIEM
in a penetrable waveguide. Starting with the set of images
determined for the bottom half-space, intuitively one can
construct the image representation for the penetrable wave-
guide by iteratively reflecting the images above and belowa!Electronic mail: john.fawcett@drdc-rddc.gc.ca
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the waveguide’s boundaries in a manner analogous to the
perfect waveguide image solution~although as will be
shown, it is a little more complicated than this!. The images
that are determined in this manner are true point sources with
constant amplitudes~no receiver dependence!. Once the po-
sitions and amplitude of these point sources are determined,
the computation of the pressure field for any receiver posi-
tion is straightforward—a simple evaluation of the distances,
Dq , from the image locations and the evaluation of the cor-
responding exponentials exp(ikDq)/(4pDq). This set of point
sources is ideal for computing the Green’s function for scat-
tering problems, either for boundary integral methods or
wave field superposition methods13 in a waveguide, as it has
the correct singular behavior for source/receiver points ap-
proaching each other as well as approaching the boundaries
of the waveguides. However, as will be shown it is also
accurate for significant source/receiver ranges. The other ad-
vantages of this method are that the simple analytic form of
the point sources allows for the easy analytic computation of
derivatives ~for example, the normal derivative of the
Green’s function on a target surface! and, in fact, it is pos-
sible to analytically expand each point source in terms of
spherical harmonics, which may have applications to
T-matrix scattering methods.14 The method naturally handles
a general layered seabed.

In the examples, we will illustrate the method as an ef-
fective short-range propagation model, at ranges where other
methods such as modes~especially if leaky modes are in-
cluded! or the wave number integral method are effective.
However, for the perfect waveguide, at the very short ranges
of interest in target scattering modeling~and possibly very
close to one of the interfaces!, these methods have to include
a large amount of evanescent energy. It will be shown that
for a homogeneous seabed the complex-image parameters
need only be determined for a single frequency and the
method does not become computationally more intensive as
the frequency increases. This is in contrast to modal and
wave number methods where the number of modes or the
number of integration panels increases with frequency.

In summary, the method which is derived in this paper
builds up a set of point sources. These sources are true point
sources with the simple analytic formaq exp(ikDq)/(4pDq).
Once this set of points sources has been determined, any
subsequent computations for a receiver anywhere in the
waveguide are very straightforward~no need to monitor ray-
paths, apply corrections, etc.! and applies for distances in the
singular regime to significant source/receiver distances. The
method will work for general layered seabeds, but it is par-
ticularly efficient for a Pekeris waveguide, where the set of
sources need only be computed once for broadband or mul-
tifrequency computations. There are no low or high fre-
quency restrictions on the usefulness of the method. It is an
ideal method for BIEM computations but is also applicable
to short-range propagation modeling.

II. THEORY

We start by a quick review of the method of complex
images for an underlying half-space and discuss the fre-
quency dependence of the parameters. Then we consider a

bounded waveguide and show how the set of complex im-
ages determined for the half-space can be used to construct a
set of images for a bounded waveguide.

A. Complex images for a half-space

As discussed earlier, the method of complex images has
been used frequently in the electromagnetics8–11 and the
acoustics literature12 for efficiently computing the Green’s
function for a homogeneous or layered half-space. This
Green’s function can then be used either for propagation or
scattering modeling.

In the complex image method for a half-space, we start
with wave number integral expression for the pressure field
due to a point source above a half-space~see, for example,
Ref. 2!:

p~r ,z,r 50,zs!5
eikD

4pD
2

1

2p E
0

`

J0~hr !R~h!
eig~z1zs!

2ig
hdh,

~1!

whereR(h) is the half-space reflection coefficient,D is the
distance between the source and receiver,g(h) is the vertical
wave numberg(h)[A(v/c)22h2, c is the sound speed,v
is the circular frequency, andk[v/c. The integral in Eq.~1!
represents the reflected field. We also know that if we con-
sider a point source at a depthzq ~and horizontal distancer
away! we can write;

eikDq
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Let us considerzq52zs1 iaq where zs is the true source
depth, then from Eq.~2! it follows that
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From this and Eq.~1! it follows that if the coefficients
(aq ,aq) are determined so that in the horizontal wave num-
ber ~h! domain

(
q51

Q

aq exp~aqg~h!!'R~h!, ~4!

then the reflected pressure field is given by

pr~r ,z!5 (
q51

Q

aq

eikDq

4pDq
, ~5!

where

Dq[A~x2xs!
21~y2ys!

21~z1zs2 iaq!2. ~6!

The parametersaq are complex andg is real forh real
andh,v/c1 . Thus in this interval exp(aqg) is a decaying or
growing oscillatory exponential. Forh.v/c1 and along the
real-h axis,g is positive imaginary and thus this imposes the
constraint thatIaq>0 in order that the exponential remains
bounded. We find that in practice, that this constraint is sat-
isfied by our exponential fits as long as one considers some
range ofh with h.v/c1—we often use 1.5v/c1 as our up-
per limit. However, it is also easy to include an extra point,
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e.g.,h510v/c1 , R(h)5R` in the fit to effectively impose
the constraint onaq .

In Eq. ~6! the seabed/water interface is defined asz
50; the coordinates with subscripts refer to the source co-
ordinates. It can be shown that ash→`, R(h)→R`5(r2

2r1)/(r11r2). This means that the correct singular behav-
ior of the Green’s function for source and receiver points
near the seabed is modeled by a source, reflected about the
interface from the true source position, with strengthR` .
Because of this we can choose this explicitly to be one of the
sources in Eq.~4!, thus ensuring the correct singular behav-
ior of the Green’s function near the seabed interface~e.g.,
take a15R` and a150 and then determine the other coef-
ficients to fitR(h)2R`). In Ref. 12 a nonlinear least-squares
fit was used to determine@using Eq.~4!# the parametersaj

anda j . In this reference the bottom half-space was taken to
be homogeneous. Three or four coefficients were found to be
sufficient in the examples of that paper and a simple Gauss–
Newton method of determining the fit to the reflection coef-
ficient was found to be robust and efficient. Other ap-
proaches to determining these coefficients can be found in
the references. There is no basic difference in the case that
the bottom half-space is layered except that, in this case,
R(h) may be a more complicated function ofh; this means
that more complex exponentials will have to be used to ob-
tain an adequate fit.

In the case of a homogeneous bottom half-space, the
reflection coefficient has the simple form:

R~h!5
r2g12r1g2

r2g11r1g2
, ~7!

where

g i[Av2/ci
22h2. ~8!

From Eqs.~7! and~8! it can be seen that if one considers the
reflection coefficient as function ofh̃5h/v then the coeffi-
cient is, in fact, independent of frequency. In terms ofh̃, Eq.
~4! can be written

(
q51

Q

aq exp~ uvug~ h̃!aq!'R~ h̃!. ~9!

From Eq.~9! it can be seen that ifaq , aq are determined for
one frequencyv1 then the results for any other frequencyv2

are simply

$aq~v2!,aq~v2!%

5$aq~v1!,~v1 /v2!aq~v1!%, v1 ,v2.0. ~10!

The expression of Eq.~10! is perhaps obvious, since
there is no length scale in the problem other than the wave-
length. However, it is an important concept because it means
that for the half-space problem and for the bounded wave-
guide problem discussed in the following, once the set of
complex parameters has been determined for one frequency,
then the set of images has been determined for all frequen-
cies.

B. Complex-image representation for propagation in
a bounded waveguide

Let us now consider the waveguide with a bottom half-
space atz5L and a pressure-release surface atz50. For a
penetrable waveguide, top and bottom, the expression for the
pressure field, due to a point source at depthzs , is given by
the wave number integral,2

p~r ,z!5
2 i

4p E
0

` eiguz2zsu1RS~h!eig~z1zs!1RB~h!e2igL@e2 ig~z1zs!1RS~h!e2 iguz2zsu#

g~12RS~h!RB~h!e2igL!
J0~hr !hdh, ~11!

whereL is the depth of the waveguide, andRB andRS are the
bottom and top reflection coefficients, respectively. One can
now expand the denominator of the integrand to obtain2

1

12RS~h!RB~h!e2igL 5 (
n50

`

~RSRB!nein2gL. ~12!

Using the complex-image representation forRB(h),

RB~h!5 (
q51

Q

aq exp~g~h!aq!, ~13!

then thenth term in this binomial expansion of Eq.~12! is
given by

~RB~h!!n5S (
q51

Q

aq exp~g~h!aq!D n

. ~14!

From Ref. 15, the number of unique terms in the expansion
of Eq. ~14! is

Qn5S n1Q21
n D . ~15!

One could in general expandRS in terms of exponentials
for a general upper bounding surface and obtain an image
expansion for this combined case as well, but in this paper
RS is simply set to21. However, there are situations, such as
a scatterer within a bounded sediment layer, where one could
use this approach. Substituting Eqs.~14! and ~12! into the
wave number integral, Eq.~11!, the various exponentials can
be collected and each identified with a source position by
using the formalism of the method of complex images.

As a more intuitive approach, let us consider the follow-
ing iterative procedure~see Fig. 1!. The physical source is
reflected about the top-surface resulting in a negative image.
These two sources each induceQ complex images in the
seabed at locations:~1! 2L2zs1 iaq (q51,...,Q) with am-
plitudes aq and ~2! 2L1zs1 iaq with amplitudes2aq .
These coefficients are then all reflected about the upper in-
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terface with the amplitudes multiplied by~21!. In this pro-
cess we have a representation which accounts for the direct
energy and for the surface reflected, seabed reflected,
surface/seabed reflected, seabed/surface reflected and
surface/seabed/surface reflected paths. For many scattering
problems, this is probably sufficient to approximate the
Green’s function for relatively short ranges.

To continue this procedure, each of theQ complex po-
sitions in the 2 sets of images above the top surface induces
anotherQ position below the seabed. In other words, these 2
sets ofQ parameters now induce 2 sets ofQ2 parameters in
the bottom~although as shown from Eq.~15! the number of
unique source positions is less than this!. For example, if
there are 4 original exponentials with complex depth param-
eters (a1 ,a2 ,a3 ,a4) describing the half-space reflection co-
efficient, then there are sets of 10 source locations atz
54L2zs1 i ãq and z54L1zs1 i ãq , q51,...,10 where the
values ofãq are given by: 2a1 , 2a2 , 2a3 , 2a4 , a11a2 ,
a11a3 , a11a4 , a21a3 , a21a4 , a31a4 .

Thus after a few seabed reflections, say 3 or 4, the num-
ber of terms begins to get unwieldy. For example, ifQ54
andn54 the number of terms given by Eq.~15! is 35 ~and
the total number of images is larger than this!. However, as
will be seen in the numerical examples, this number of mul-
tipaths allows one to accurately model the waveguide’s
propagation out to significant ranges, while retaining the cor-
rect singular behavior of the Green’s function near the source
and near the boundaries. For target scattering problems, it
may often be sufficient to keep just the first or second seabed
reflection.

However, it is clear that it would be desirable to reduce
the growing number of images at each additional order. An-
other approach is that instead of successively iterating on the

original set of complex images, a different set of exponen-
tials can be fit to each power of the reflection coefficient. For
example,

R2~h!' (
q51

Q

bq exp~gtq! ~16!

and so on for higher powers.~In Ref. 7 an asymptotic analy-
sis of the wave number integral for powers of the reflection
coefficient is carried out.! In the numerical examples, we will
show that a set of 6 parameter fits provide very good fits to
all powers up to and including the fourth power of a reflec-
tion coefficient. This has the disadvantage that more expo-
nential fits are required. However, we found these fits to be
straightforward and accurate using the same least-squares al-
gorithm as previously. It was straightforward to loop the al-
gorithm over the powers ofR(h) using the previously deter-
mined parameters forRn21(h), as the initial estimate for the
parameters ofRn(h). The disadvantage of doing more fits
may be significantly offset in the reduction of the number of
images.

It is also important to recall from the previous discussion
that the parameters for the image series values for one fre-
quency can be used to simply determine the values at all
other frequencies in the case of a homogeneous seabed. For
the case of a layered seabed this is not the case. Another type
of exponential fit which can be employed is to directly fit a
sum of exponentials to the terms,

t1~h![
1

11RB~h!exp~2igL !
21,

~17!

t2~h![
RB~h!

11RB~h!exp~2igL !
.

These are the terms in Eq.~11! with RS(h)[21; the first
term has unity subtracted off so that we can explicitly extract
the direct and top surface image sources. The images from
these fits can then be used in conjunction with the terms in
Eq. ~11!, exp(iguz2zsu), exp(ig(z1zs)), exp(2igL)exp(2iguz
2zsu), exp(2igH)exp(ig(z1zs)) to produce a set of images.
The advantage of this approach is that unlike the multipath
expansion method, there is no real range restriction on the
accuracy~although, ultimately the upper range does depend
upon the accuracy of the integrand approximation!. The dis-
advantages are that along the real-h axis the integrand will
have singularities due to the modes~or the poles will be
slightly displaced in the case of attenuation! and thus this
will be a complicated integrand to fit, although the fit can be
performed along a slightly displaced contour of integration.
The integrand may become even more difficult to approxi-
mate for increasing frequency or waveguide depth. It also
maybe that for short ranges, the multipath expansion method
may require fewer terms than this more global approach.
However, in the numerical examples, we will show a case
where this approach is probably preferable, except possibly
for ranges where only one or two bottom bounces are accu-
rate.

FIG. 1. Schematic of complex-image representation for a waveguide; the
symbols 1 and 2 denote how the direct and surface reflected terms are
represented in the seabed. These seabed terms then induce terms above the
top surface; these terms then induce new complex images in the seabed and
so on.
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III. NUMERICAL EXAMPLES

In this paper, only fluid-like bottom half-spaces will be
considered. In Ref. 12 an elastic half-space was also consid-
ered; the only change to the approach for the fluid case is if
one wishes to include the Scholte pole contribution.

First, a simple half-space problem~no upper surface! is
considered. For this and all other examples of the paper, the
water column will have a constant sound speedcw

51500 m/s andrw51 g/cm3. The underlying half-space for
this example has a sound speedcp51800 m/s and density
r51.5 g/cm3 and there is no attenuation. The frequency of
the source is 200 Hz. The reflected fields~the real part is
shown in Fig. 2! are computed for a line of receivers~starting
horizontal range50.1 m) with: ~top panel! source/receiver
height (zs andzr) above seabed equal to 20 m and~bottom
panel! source/receiver height above seabed equal to 0.2 m.
The results are shown in Fig. 2 with the first column being
the results using the complex-image~dashed line! method
~four terms, one is the asymptotic term! along with the result
from the wave number integral~solid line!. The second col-
umn are the results using the simple ray/image~dashed!
along with the results from the wave number integral. The
expression for the ray-image method is given by

pray5
1

4p

eikD

D
R~u!, ~18!

whereD[Ar 21(zr1zs)
2, R(u) is the plane wave reflection

coefficient, and u[A sin(r/D). The wave number and
complex-image curves are very close, whereas noticeable
differences with the simple ray expression can be seen. In
particular, for zs /zr520 m, the differences occur at the
longer ranges~possibly, due to the fact that these ranges
correspond to the critical angle region! whereas forzs /zr

50.2 m the differences are significant for approximately the
first 30 m. This example serves to illustrate that using simple
ray-image theory may not be sufficient for some propagation

or scattering geometries. Of course, as discussed in Sec. I,
this ray theory result can be improved upon by using various
corrections.

Let us now consider a complex-image computation for a
waveguide 40 m deep. For our initial computations,f
5200 Hz and 2 source/receiver depths are considered: 30/20
and 3/37 m. The bottom half space is taken to be homoge-
neous and has the parameters:~1! 4000 m/s and r
54 g/cm3, ~2! 3000 m/s andr53 g/cm3 ~3! 2400 m/s, and
r52.25 g/cm3 and~4! 1800 m/s andr51.5 g/cm3. There is
no attenuation in the half-space. There is no problem includ-
ing attenuation in this method, but no attenuation is a more
rigorous test of the image method because otherwise some of
the higher-angle energy would be attenuated with respect to
range. In terms of modes, the proper modes’ wave numbers
lie on the real wave number axis for these examples.

A four-parameter fit to the reflection coefficient is used.
For the first exponential,a15R` and a150. This term ac-
counts for the asymptotic behavior of the reflection coeffi-
cient and means that the bottom image term will have ex-
actly the correct singular behavior for a source/receiver pair
approaching the bottom. The approach as outlined earlier is
now used; the sources are flipped around the top and bottom
boundaries to yield images which account for up to and in-
cluding 3 seabed reflections. The total number of images,
including the direct and all seabed and above free surface
images is 138. If one just includes up to 2 seabed reflections
this becomes 58. In Fig. 3 the transmission loss curve~please
note that this is 20 log10(upu), this number should be shifted
by 20 log10(4p) to obtain the true transmission loss, i.e., we
have not normalized these values by the amplitude at 1 m
range! is shown as a function of range for an exact solution
~using the integral of Eq.~11! ~solid line! and for the image
method~dash-dot!!. As can be seen for the most rigid seabed,
there is very good overall agreement between the 2 curves,
for both source/receiver combinations, out to about 200 m
range~or 5 waveguide depths!, although there are small dif-
ferences earlier than this, for example, a small peak at about
100 m which is not perfectly modelled. As the bottom be-
comes more penetrable the agreement becomes better, out to
400 m or more for the 1800 m/s bottom.

The explanation for the range of validity of these repre-
sentations is likely connected with the critical angle of the
waveguide. For a fixed range there will be a certain order of
multipath, n11 ~this refers to the number of bottom
bounces!, whose angle of incidence at the seabed exceeds the
critical angle, thus having a reflection coefficient at the sea-
bed,R, whose amplitude is less than one; the total path will
then have an amplitude proportional touRu(n11), which
maybe considerably less than unity. If this is the case, then it
is expected thatn terms will give a good approximation to
the true pressure field; in the time domain, this corresponds
to simply saying that out to this range, then11 multipath
arrivals and beyond are significantly weaker than the other
arrivals. This is analogous to ray methods7 which monitor
the relative importance of the various multipaths and decide
numerically whether to include them or not in the computa-
tion. As the seabed becomes more penetrable and the critical
angle decreases, this convergence will become more rapid

FIG. 2. The computed reflected field~real part! as a function of horizontal
range as computed by the exact wave number integral~solid line! and col-
umn 1: complex image expression~dashed line! and column 2: simple ray/
image expression~dashed line!—the top two panels are for the source and
receiver located 20 m above the seabed and the bottom two panels, 0.2 m
above the seabed.
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with range. This is in contrast to the perfect waveguide
where all orders of multipaths are trapped within the wave-
guide and only geometrical spreading causes a decrease in
amplitude. These concepts are only a guideline; there is not a
sharp boundary between the relative amplitudes of the differ-
ent multipath orders, rather a transition zone. Also, of course,
even though an order of multipath is relatively weak in a
certain area, they are still present and the agreement between

the exact and the finite image-method solution will not be
perfect. In the time domain these multipaths will appear as
small arrivals which the image method, with a finite number
of orders, cannot model. It is difficult to give definite quan-
titative bounds on the range of validity of the complex image
expression for a given number of seabed reflections; how-
ever, simple ray considerations indicate that the critical angle
and the depth of the waveguide are important parameters.

FIG. 3. The computed transmission loss curves for:~column one! zs530 m andzr520 m and~column 2! zs53 andzr537 m for the 4 different seabeds.
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The case of the source and receiver very close to the
seabed is a situation of interest for modeling scattering from
an object near or on the seabed. In Fig. 4 we show the results
for the four seabed types forzs539.99 m andzr539.5 m;
here some care had to be taken with the wave number inte-
gral ~the length of integration had to be increased! to yield
good results. As can be seen, the agreement is once again
excellent. There is a small feature at about 80 m for the most
rigid case which is not modeled correctly by the image
method, but overall, it is difficult to deduce a significant
difference in the accuracy of the image method from the
results of the previous figure.

Let us consider the effect of waveguide depth. The
source/receiver depths are fixed at 5 and 10 m, respectively,
and we consider the third seabed type (c52400 m/s andr
52.25 g/cm3). The exact and image curves are shown in Fig.
5 for waveguide depths of 20, 40, and 80 m. As might be
expected the range of validity does depend upon the depth of

the waveguide. At the 80 m depth, the image solution has
excellent agreement with the exact solution all the way out to
600 m and beyond.

Fixing the waveguide depth at 40 m and considering the
fourth seabed type, for which we know the image solution is
good until about 450 m for the 200 Hz case, we examine the
performance as a function of frequency. In Fig. 6 the exact
solutions and the image solutions are shown for 50, 100, 200,
400, and 800 Hz for the source/receiver depths of 30/20 m.
We emphasize the point that the complex parameters are
only computed at a single frequency and reused at all the
other frequencies using the scaling relationship of Eq.~10!
with all the image positions shifted accordingly. As can be
seen the agreement is excellent for all frequencies to a range
of 450 m, where there are some differences.

Thus far, we have considered homogeneous bottoms; as
mentioned previously, there is no conceptual difficulty to
modeling a layered bottom~see, e.g., Ref. 11 in the electro-
magnetic literature!. Now, the following layered seabed is
considered. There are 2 sediment layers of 10 m thickness:
layer 1, cp51700 m/s and r51.7 g/cm3, layer 2: cp

51800 m/s andr51.8 g/cm3 and an underlying half-space
with cp52200 m/s andr52.2 g/cm3 and the entire seabed
has an attenuation of 0.25 dB/l. Numerically, the complex-
image method for a layered seabed is somewhat more diffi-
cult because it will, in general, require more exponentials to
model the more complicated behavior of the reflection coef-
ficient as a function of horizontal wave number. However,
for the cases we have considered it was found that the coef-
ficients could still be determined straightforwardly with the
Gauss–Newton least-squares algorithm.

We have shown that the number of images for a wave-
guide increases with expansion order as the binomial number
given in Eq.~14!. Thus it is advantageous to try to keep the
basic number of coefficients approximating the reflection co-
efficient as small as possible. In Fig. 7, the real and imagi-
nary parts of the exact reflection coefficient as a function of
horizontal wave number are shown with the corresponding

FIG. 4. The computed transmission loss curves forzs539.99 m andzr

539.5 m and the 4 different seabeds—solid is exact, dotted is method of
images.

FIG. 5. The exact and image transmission loss curves forzs55 m andzr

510 m for 200 Hz as a function of varying waveguide depths, 20, 40, and
80 m for the third bottom typec52400 m/s,r52.25 g/cm3.

FIG. 6. The exact and image transmission loss curves forzs530 m, zr

520 m for frequencies of 50, 100, 200, 400, and 800 Hz for the fourth
seabed typec51800 m/s,r51.5 g/cm3 and waveguide depth540 m.
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exponential fit with 7 terms~1 term is the asymptotic term—
which can be shown to be (r22r1)/(r21r1), where r2

refers to the density of the upper sediment layer!. As can be
seen, it is a very good fit but differences can be seen. Using
higher numbers of terms yields better fits, but this in turn
leads to more source terms in the waveguide image expan-
sion, so there is a trade-off of how many terms should be
used to approximate the basic reflection coefficient. Comput-
ing the waveguide image solution up to and including 3 bot-
tom bounces requires 478 images, when 7 terms are used for
the reflection coefficient~two bottom bounces would require
142!. The resulting transmission loss curves~exact and im-
age solution! for a 40-m-deep waveguide at 100 Hz are
shown in Fig. 8 (zs530 m, zr520 m). The agreement is
excellent until about 300–350 m. This example illustrates
that there is no difficulty in using the theory for a layered
seabed. However, it is evident that more images will be re-
quired in the case that the layered half-space reflection coef-
ficient has a more complicated behavior than the homoge-

neous case@note, for sufficiently low frequencies or high
frequencies~where only the upper layer is important! the
layered-space reflection coefficient behavior may become
‘‘smoother’’ in nature#. Also, as mentioned previously, unlike
the homogeneous half-space case, it is now necessary to per-
form a new exponential fit for each frequency.

Another possible approach for the layered seabed~par-
ticularly, since there is no simple frequency dependence of
the complex images for the seabed reflection coefficient in
this case! is to attempt to directly fit complex exponentials to
the terms of Eq.~17!, t1(h), and t2(h) ~the same layered
seabed as previously is considered at a frequency of 100 Hz!.
In Figs. 9~a! and ~b!, 81-term fits tot1(h) and t2(h) are
shown~solid line is the exact curve and the dashed is the fit!.
In this case to determine the exponentials, we simply defined
the coefficientsaq for t1(h),

aq5~801~q21!310!i , q51,...,81 ~19!

and for t2(h),

aq5~~q21!310!i , q51,...,81. ~20!

The corresponding amplitude coefficients were then simply
determined by a linear least-squares fit of the sum of expo-
nentials tot1(h) andt2(h) evaluated at 1001 different values
of h. The first amplitude value fort2(h) was set to the
asymptotic value of the reflection coefficientR` to explicitly
account for the singular term as the seabed is approached.
The starting value of 80 in Eq.~19! was chosen as this is 2L
~L is the waveguide depth! and the spacing of 10 corresponds
to L/4. The total number of images used for this example is
326; this corresponds to the images of Eqs.~19! and ~20! in
conjunction with the exponentials of the numerator of the
integrand in Eq.~11! and the direct and top surface images.

FIG. 7. Real and imaginary parts of the reflection coefficient for layered
bottom for 7-exponential fit~6 plus asymptotic term!, exact ~solid! and
exponential fit~dotted! at 100 Hz.

FIG. 8. Resulting transmission loss curves for point source,zs530 m and
zr520 m exact and image solution for the layered seabed.

FIG. 9. Results of fitting 81 terms directly tot1(h) ~a!, t2(h) ~solid is exact
curves, dashed is fitted curve!, ~b!, and the resulting transmission loss curves
for point source,zs530 m andzr520 m exact and image solution for the
layered seabed~c!.
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This number is smaller than the number we used with the
multipath approach for this seabed and the transmission loss
curve @Fig. 9~c!# is very accurate to at least 1000 m.

It is clear from the previous examples and the theory,
that if one uses the multipath approach, then the number of
terms increases significantly as one increases the order of
multipath in the image expansion.~and recall, that for the
homogeneous seabed this is often the desired approach be-
cause of the simple frequency dependence of the images!. A
possible way to reduce the required number of images is to
use the concept of Eq.~16!. A different exponential fit is
made forR(h), R2(h), etc., using a fixed number of terms
~although, in general, one could use a different number of
terms for each power depending upon the desired accuracy!.
In Fig. 10 we show the exponential fits to the reflection co-
efficient for cp51800 m/s andr51.5 g/cm3 ~we show the
imaginary part! for the first, second, third, and fourth powers
using a 6-exponential fit and a 4-exponential fit; as can be
seen, although the 4-exponent fit~a different set for each
power! yields a good fit, the 6-exponent fit is better and has
only a small amount of error at the fourth power of the re-
flection coefficient.

In Fig. 11 we show the resulting transmission loss
curves, exact computation, and the results of using up to and
including the fourth power of the reflection coefficient using
the 6-exponential and 4-exponential fits. This is the case for
the source at 3 m depth and the receiver at 37 m depth, where
in Fig. 3 there was some disagreement between the exact and
image-method curves at about 450 m. However, in that case
only up to the third power of the reflection coefficient was
computed. Here, we include the fourth power and indeed the
agreement is now good until approximately 600 m. Although
the 6-exponential fit may be a little better than the
4-exponential fit, the agreement is very good for both cases.
For the 6-exponential fit, a total of 98 images were used and
for the 4-exponential fit, a total of 66 images.

We saw from Fig. 11 that an extra set of coefficients for

the fourth power of the reflection coefficient yielded a good
fit in the transmission loss curves for approximately another
150 m from the case where only the third power was in-
cluded. In Fig. 12 we show the results of including the
fourth, third, second, and first order seabed reflections. As
can be seen the curves’ agreement with the exact solution
does tend to decrease by about 150 m for each order of the
reflection coefficient.

Finally, for the Pekeris waveguide case, it is very
straightforward to perform broadband computations; here we
use the method of fitting 6-exponentials toR(h), R2(h),
R3(h), R4(h)—the fit to R(h) is constructed so that one of
the terms is the exact asymptotic term. This is done at a
single frequency and a set ofaq( f 0), aq( f 0) determined for
each order. Computationally a loop over frequency is per-
formed: at each frequencyaq( f )5aq( f 0) f 0/ f and aq( f )
5aq( f 0) ~for each order! and the pressure field is computed
by simply summing over the images, using the distances for

FIG. 10. Exponential fits to the powers of the reflection coefficient~imagi-
nary part shown! for the seabedcp51800 m/s andr51.5 g/cm3 using 6
exponential and 4 exponential fits.

FIG. 11. Resulting transmission loss curves~exact~thin solid!, using up to
and including fourth powers of reflection coefficient: 6-exponential fit~thick
dots! and 4-exponential fit~dashed! for cp51800 m/s andr51.5 g/cm3 and
zs53 m andzr537 m.

FIG. 12. The variation of the image solution with the number of seabed
reflections forcp51800 m/s andr51.5 g/cm3 andzs53 m andzr537 m.
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a given receiver position. At the end of the computations, a
pulse can be Fourier synthesized. In the example to follow a
Ricker wavelet at center frequency 400 Hz was used. The
complex pressure values for 1001 frequencies starting at 10
Hz and ending at 1010 Hz were computed and used in the
Fourier synthesis of the time series. In Fig. 13 the exact time
series~computed by looping over the wave number integral!
and the image computations are shown for the 2 source/
receiver combinations 30 m/20 m and 3 m/37 m and for 300
and 450 m ranges. There are some very small differences in
details between the two sets of time series, but as can be seen
the overall agreement is excellent.

IV. SUMMARY

In this paper we have extended the method of images
used for a perfect waveguide to the penetrable case using the
method of complex images as the basic building block. The
resulting images in the expansion are true point sources with
a simple analytic form which can be easily analytically dif-
ferentiated. There is an analogy with ray theory in the sense
that each power of the reflection coefficient used in the im-
age expansion effectively models another order of multipaths
in the waveguide. However, unlike a ray/image interpreta-
tion, the images used in this expansion have a constant am-
plitude which does not vary according to the angle of inci-
dence and do not require any specific corrections to be
accurate. In the case of a Pekeris waveguide, for multifre-
quency computations, the image parameters need only be
computed at a single frequency~they can then be simply
determined at all other frequencies!. The theory is also ap-
plicable to general seabeds but in this case, the coefficients
must be determined for each frequency~because, the seabed
itself may now have a complicated frequency dependence!.
Because of their simple analytic form and the fact that the set
of images has the correct singular behavior~including near
or on the interfaces!, they are ideal for constructing the

Green’s function kernel in a BIEM. Compared to the image
method for the perfect waveguide, this method is accurate to
significant ranges. This is because steep angle energy dies
out quickly in a penetrable waveguide and thus this method
improves as the seabed becomes more penetrable. However,
it provided good results even for the case of a seabed with
cp54000 m/s andr54 g/cm3.

We discussed three methods for computing the images.
The first method uses a simple fit to the reflection coefficient
for the seabed and then uses successive powers of that one
expansion. The disadvantage of this approach is that after the
third or fourth power of the reflection coefficient, the number
of terms begins to increase rapidly. The second method con-
sisted of performing a separate fit for each power of reflec-
tion coefficient, keeping the number of terms for each power
small. The additional fits are numerically inexpensive as one
can quickly loop the least-square program through the suc-
cessive powers and, at least for the examples considered,
would be the preferred approach for homogeneous seabeds.
The third method that we employed for a layered seabed was
to directly fit sums of exponentials to the integrand, without
first expanding it binomially. This resulted in a representa-
tion that was very accurate for a long range~at least 1000 m!.
The fits for this approach are frequency-dependent, but since
the complex-image fits to the the seabed reflection coeffi-
cient are also frequency-dependent in this case, this is not a
disadvantage.

It is difficult to quantify precisely the computational ef-
ficiency of the complex-image method relative to other
methods. This depends on a large number of factors, such as
frequency, source/receiver positions, etc. In this paper we
used a wave number integral for the benchmark solution.
Neither this method nor the complex-image method were
greatly optimized, although the wave number integral tech-
nique was somewhat optimized for the case of constant
depths and varying horizontal range. For most of the ex-
amples of this paper, the complex-image method computed
the pressure field more rapidly than the wave number inte-
gral approach~once the complex image parameters had been
determined!. An exception was for the case of the layered
seabed where 478 complex images were used in the compu-
tation of the pressure field. Here the wave number integral
approach was somewhat faster for the computation of a
single transmission loss curve. However, even for this ex-
ample, if several different source/receiver depths are consid-
ered at a fixed range, then the complex image method be-
came faster. However, in general, it is difficult to make a
rigorous statement about the relative computational timings
of the two methods. Ultimately, this will depend upon the
particular scenario and frequency range being considered and
the number of images required by the image method and the
number of integration steps required by the wave number
integral to obtain the desired accuracy. There is also a small
overhead in the initial determination of the complex param-
eters associated with the complex image method. The situa-
tions where we expect the method of complex images to be
particularly efficient are:~1! the computation of the pressure
fields for a wide range of source/receiver positions~e.g., the
computation of the Green’s function for a BIEM computa-

FIG. 13. Pulse computations for a 400 Hz Ricker wavelet; left column,
exact solution and right column, image solution:~1! zs530 m and zr

520 m, ~2! zs53 m andzr537 m for 300 m range and then repeated at 450
m range. All for seabedcp51800 m/s,r51.5 g/cm3.
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tion and moving target/receiver scenarios!, ~2! the multifre-
quency computation of the pressure field for a Pekeris wave-
guide, ~3! high frequencies. In these first two types of
computation the initial overhead of computing the complex
parameters once is relatively very small compared to the
large number of subsequent computations. In multifrequency
or high frequency computations, the wave number integral
requires an increasing number of integration steps as a func-
tion of frequency~and modal methods will require a larger
number of modes! whereas the image method does not re-
quire more terms.

The theory and numerical examples of this paper were
concerned with a constant sound speed in the water column.
This means, in practice, that the variation of the sound speed
in the water has to be sufficiently small or the ranges of
propagation small enough that the isovelocity approximation
is accurate. It is an area of future research to determine
whether the concepts of complex images, perhaps in con-
junction with asymptotic theories, are generalizable and use-
ful for a sound speed profile in the water column.
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Part of an experiment to test a measurement package in a shallow water region in the Gulf of
Mexico was designed to gather broadband acoustic data suitable for inversion to estimate seabed
geoacoustic parameters. Continuous wave tow acoustic signals at multiple frequencies and
broadband impulsive source signals were recorded on a horizontal line array in a high-noise
environment. Simulated annealing with a normal mode forward propagation model is utilized to
invert for a geoacoustic representation of the seabed. Several inversions are made from different
data samples of two light bulb implosions, the measured sound speed profiles at the HLA and at the
positions of the light bulb deployments, and for two different cost functions. The different cost
functions, measured sound speed profiles, and measured time series result in different inverted
geoacoustic profiles from which transmission loss is generated for comparison with measurements.
On the basis of physical consistency and from the comparison of the transmission loss and time
series, a best estimate geoacoustic profile is selected and compared to those obtained from
previously reported inversions. Uncertainties in the sound speed profile are shown to affect the
uncertainties of the estimated seabed parameters. ©2003 Acoustical Society of America.
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PACS numbers: 43.30.Bp, 43.30.Wi@DLB#

I. INTRODUCTION

From a historical perspective inversion for environmen-
tal parameters has always played a role at some level in the
application of propagation models to analyze acoustic data
measured in ocean environments. The inverse problem is in-
timately associated with our general ability to predict, as part
of propagation analyses, the measured acoustic data in the
form of transmission loss~TL! from multitonal tow data,
time series generated from impulsive sources, or broadband
data created by moving sources such as surface ships. Geoa-
coustic inversion is a topic of current interest in the sonar
and ocean acoustics communities since improvements in the
accuracy of low-frequency sound propagation predictions for
a shallow water ocean environment are contingent on knowl-
edge of the seabed parameters.1–3 The accuracy of an inver-
sion for shallow water seabed parameters using acoustic data
depends on several factors. They include the quality of the
experimental measurements, details of the data reduction and
signal processing, the choice of data employed in the inver-
sion, the choice of a cost function, the assumed seabed rep-
resentation,a priori knowledge such as the sound speed
structure in the water column and bathymetry, and the inver-
sion method. In addition, a well-validated forward acoustic
propagation model with a high level of accuracy is required.

In inversion problems it is important to take into consid-
eration the uncertainties or standard deviations of the esti-
mated parameters. Part of these uncertainties can be esti-
mated on the basis of the statistics generated by all the
forward calls made in an inversion. The uncertainties gener-
ally reflect the modeled field’s sensitivity with respect to the
parameters. In addition to uncertainties resulting from the
nature of sound field sensitivity, uncertainties in the esti-

mated parameters result from the uncertainties in model pa-
rameters held constant in the inversion calculation. For ex-
ample, in shallow water an especially difficult problem is
that even though the depth-dependent sound speed profile
~SSP! can in principle be measured during the collection of
acoustic data, significant fluctuations often occur in azimuth,
range, and time. In a geoacoustic inversion calculation, one
usually selects measured SSPs that are nearest in space and
time to the acoustic measurements. Errors in the assumed
SSP are a source of errors in the estimated geoacoustic rep-
resentation of the seabed. Furthermore, errors in the assumed
bathymetry and source–receiver geometry are additional
sources of errors. In principle, one can use multiple SSPs and
acoustic measurements to gain insight into the nature of the
uncertainty in the estimated geoacoustic parameters.

This paper describes an investigation of acoustic data
collected in a shallow water environment in the Gulf of
Mexico. The analysis takes an inversion approach to extract
a geoacoustic representation of the seabed with parameter
uncertainties. The experiment and analysis presented an ex-
cellent opportunity to address the issues raised above and to
better comprehend the essential elements of geoacoustic in-
version in shallow water. Concerning the choice of data in
the inversion, the general approach is to take advantage of
the sensitivity of the frequency and spatial dependence of the
sound field to the seabed structure. Consistent with this ap-
proach is the use of broadband data collected on a horizontal
line array ~HLA !. If the experiment is designed to collect
data from approximately range-independent propagation
paths, a normal mode model, such as that of Westwoodet al.,
is an appropriate selection to provide accurate forward solu-
tions to the acoustic Helmholtz wave equation.4 In shallow
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water the complex interaction of sound with the seabed
causes the multidimensional cost function to contain, in ad-
dition to the global minimum, a large number of local
minima. For this reason, it is assumed that a simulated an-
nealing approach is an appropriate selection for the inversion
method.

A basic premise of the experiment and analysis is that
the signals received from light bulb implosions can be uti-
lized to estimate the geoacoustic structure of the seabed.
With this geoacoustic structure as input to the same forward
propagation model used in the inversion, multifrequency TL
versus range can be generated. A comparison of the modeled
TL with the measured TL, supplemented by a comparison of
our inversion results with the previous inversions and geo-
physical descriptions reported in the literature, would dem-
onstrate the validity of the broadband inversion approach.

Several aspects of the current work distinguish it from
previous inversion studies. Most inversion studies are made
using a few single-frequency measurements. However, the
frequency dependence of the acoustic response is sensitive to
the details of the geoacoustic structure of the seabed. For
example, in cases where the acoustic field is composed of
numerous multipaths that interact with the seabed, the mag-
nitude of the field as a function of frequency can exhibit a
complicated behavior. This frequency dependence generally
has a high degree of sensitivity to the structure of the seabed
physical properties. For this reason, the current study em-
ploys a large number of frequencies in a low-frequency band
~75–500 Hz! in the inversion calculation. Knobles and Koch
previously presented an inversion of broadband impulsive
data using a normal mode approach.5 Their inversion ap-
proach, however, was based on physical intuition, as opposed
to an automated optimization approach. Another important
aspect of the current work is that the optimization does not
depend ona priori information in the sense that the param-
eters are allowed to vary over the full range of physically
possible values. Previously reported inversion studies in-
vokeda priori information about the seabed to limit the size
of the inverse problem. A risk in the latter approach is that
the a priori information may be in error. On the other hand,
it makes sense to constrain the search to parameter ranges
that are self-consistent, e.g., low densities and attenuations
for low-speed sediments. Finally, the research attempts to
comprehend how environmental uncertainties, such as those
in the SSP, can affect uncertainties in the inverted seabed
parameters.

II. EXPERIMENT

A. General description of SWAMI

An experimental device was constructed to make low-
frequency acoustic measurements in shallow water environ-
ments. The shallow water acoustic measurement instrument
~SWAMI! consists of a bottom-mounted instrumentation
package~IP!, a temporary command telemetry buoy, and an
acoustic array. SWAMI is well suited for making basic
acoustic measurements for propagation analysis. Figure 1 is
an illustration of the SWAMI system. In the experiment dis-

cussed in this paper, the SWAMI array was an unequally
spaced 52-element HLA about 530 m in length. The IP con-
tains an instrumentation pressure vessel~IPV! and two bat-
tery packs. After deployment, the command telemetry buoy
provides a temporary link to the IP that allows the verifica-
tion of array geometry, confirmation of electronics function-
ality, and modification of recorder parameters. After com-
pleting the initial deployment testing, an acoustic release
disconnects the command telemetry buoy, and the umbilical
is submerged with an anchor.

The SWAMI recording system consists of 52 data chan-
nels in a 1 kHz bandwidth. The phase tracking is62 degrees
from 0 to 700 Hz. The recorder dynamic range is 72 dB in 12
bits and can be placed anywhere within approximately 110
dB of available dynamic range by adjusting the input and
A/D gains of the system. SWAMI can record for six days
cumulative for a total storage capacity of 288 Gbytes. The
hydrophones on the HLA have a dual sensitivity of2168 or
2222 dB re: 1 V/mPa. The maximum signal pressure level
that can be recorded is1168 or 1222 dB re: 1 mPa. The
frequency response of the hydrophones is approximately flat

FIG. 1. Deployment of shallow water acoustic measurement instrument
~SWAMI! in HLA configuration.

FIG. 2. Location of sources, receivers, and CTD measurements.
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with a 61-dB variation from 5 Hz to 2 kHz. The IP weight is
about 900 kg and its volume is 1.732.131 m3.

B. General description of experiment and acoustic
measurements

During 23–26 February 1998, a SWAMI experiment
was conducted in the Gulf of Mexico about 50 miles south of
Port Aransas, TX. The location of the GPS antenna on the
ship at the time SWAMI was deployed on the seabed was
27°31.968 N, 96°15.198 W. A corrected position of the
SWAMI array was calculated on the basis of ship geometry,
water depth, and the estimated shape of the deployment
cable.

The experiment was designed to address the question of
what acoustic data are required to perform a successful in-
version to seabed parameters. The portion of the experiment
analyzed in this paper is illustrated in Fig. 2. The SWAMI
HLA was deployed along the 110 m bathymetric contour.
Hydrophone 52 of the array is at a bearing of 66° true North
relative to hydrophone 1 of the array and the IP. Environ-
mental measurements included CTD and high-frequency so-
nar water depth measurements along acoustic transmission
paths. In addition, differential GPS measurements allowed
for precise localization of the receiver and sources. Acoustic
measurements included signals received from light bulb im-
plosions approximately positioned on both array endfires and
from a J-15-1 multiple tonal source towed on a 10-km radial
from the HLA. The water depth along the J-15-1 tow was
approximately constant. A CTD measurement was made
about 500 m from the HLA just after deployment. Also, CTD
measurements were made near the positions of the light bulb
implosions. In the subsequent discussions, the SWAMI loca-
tion is Station 1 and the positions of the light bulb deploy-
ments are Stations 2 and 3. Station 2 is about 10.5 km to the
northeast of Station 1, whereas Station 3 is about 11.1 km to
the southwest of Station 1. The TL measurements in this
analysis are obtained from an approximately straight-line
J-15-1 tow about 5 degrees off the array endfire between
Stations 2 and 1. Unfortunately, planned short-range light
bulb deployments and additional CTD measurements were
eliminated from the measurements because of the rapid ap-
proach of a storm.

Figures 3~a! and ~b! show received time series of the
light bulb implosion at Station 2 for hydrophone 52 and at
Station 3 for hydrophone 1, respectively. The data sampling
rate employed by SWAMI was 2457.6 Hz. The source depth
was 30 m for both light bulb implosions. The time series at
Station 2 is from the 75–500-Hz band, whereas the time
series at Station 3 is from the 250–500-Hz band. The filter-
ing eliminated noise from two seismic sources. Unfortu-
nately, the noise was significant up to about 250 Hz in the
time series generated by the Station 3 light bulb deployment.
For the time series in Fig. 3~a!, one observes a continuous set
of arrivals with a total duration of about 200 ms. A similar
signal duration is observed in the time series in Fig. 3~b!. For
both cases noise is still present in the selected bands, most
likely because of reverberation from the two seismic sources.
Figure 4 shows the source time series of the light bulb im-
plosion at Station 2 on a monitoring hydrophone. One ob-

serves the initial negative pressure pulse, the standard signa-
ture of an implosion, followed by about seven bubble pulses.
It is of interest to note that the peak pressure is positive in the
first bubble pulse. Light bulbs are an excellent acoustic
source because of their wideband spectrum, consistency, and
ease of deployment. The energy source level~ESL!, which is
the time integral of the intensity of the waveform is about
162.8 dBre: 1 ~m Pa!2-s@1 m. The small ESL results partly
from the signal’s short 15-ms duration. A nearly identical
source waveform was recorded at Station 3.

Figure 5 shows the measured TL at 53, 103, 153, and
503 Hz over a track that is almost identical to the propaga-
tion path between the light bulb position at Station 2 and the
SWAMI array. The source depth for the tonal data was about
29.5 m. The TL measurements were initiated just after the
light bulb deployment and CTD measurements at Station 2.

C. Existing and supporting data

The experimental site was chosen for several reasons,
including accessibility, the temporal stability of the water

FIG. 4. Measured light bulb source waveform deployed at Station 2 in
75–500-Hz band. Source depth is 30 m.

FIG. 3. ~a! Measured time series generated by light bulb implosion at Sta-
tion 2 approximately 10 km from HLA. Source depth is 30 m and the
frequency band is 75–500 Hz.~b! Measured time series generated by light
bulb implosion at Station 3 approximately 11 km from HLA. Source depth
is 30 and the frequency band is 250–500 Hz.
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column, small bathymetric slopes, and the prior geophysical
measurements in the area.6 Further, the location is within a
site where several acoustic measurements and seabed inver-
sions previously have been reported.7–9 A specific seismic
cross section about 17 km to the northeast from SWAMI was
reported in Ref. 6, and showed approximately five sediment
layers over the first 100 m of sediment. The top layer, depos-
ited during the Holocene, has an average composition of clay
and silt. A difference of the current experimental location
from the site examined in Refs. 7–9~commonly referred to
as the GEMINI site! is that the late Wisconsin sediment lay-
ers are known to consist of sandlike sediments near the
GEMINI site, whereas Berryhill reports that near the
SWAMI location the late Wisconsin layers do not exhibit
evidence of significant sand contributions.6 Another interest-
ing aspect of the GEMINI site is that, in addition to the
inversion conducted by Lynchet al.,8 an additional inversion
was conducted by Collins, Kuperman, and Schmidt9 in one
of the first tests of the simulated annealing approach for
geoacoustic inversion.

Figure 6 shows the SSP derived from the CTD Measure-
ments made at Stations 1–3. The CTD measurements at Sta-
tions 1 and 2 are separated by about 4 h, 13 min and by
10.56 km. The CTD measurements at Stations 1 and 3 are
separated by about 8 h, 17 min and by 11.1 km. CTD mea-
surements were terminated about 5 m above the seafloor to
avoid damage to the CTD apparatus. The SSPs in Fig. 6 were
extrapolated as isospeed to the seafloor from the terminal
CTD depth based on a suggestion that the sound speed is
constant near the bottom due to mixing by bottom currents.10

The three CTD measurements exhibit several features in
qualitative agreement. An isospeed layer is present down to
about 30 m, and from 30–50 m there is a small~2 m/s!

increase in the sound speed, followed by a thermocline to
about 100 m. However, there are notable quantitative differ-
ences on the order of 1–2 m/s above 10 m and below about
30 m. The lower sound speed values at Station 3 over the
first 10-m result from an early morning measurement after
overnight surface cooling. Though the differences are small,
there may result important perturbations in the geoacoustic
parameters from inversions with the three SSPs. For ex-
ample, a preliminary analysis comparing measured TL with
modeled predictions from the SSPs measured at Stations 1
and 2 showed significant variations in the interference pat-
terns, and these variations increased with increasing fre-
quency and range. Thus, errors in the geoacoustic parameters
may be expected when inversions from high frequency or
long range data are performed with a SSP that is only ap-
proximate.

Figure 7 illustrates the measured bathymetry from Sta-
tion 3 to Station 2 and the details along the HLA at Station 1.
Near hydrophone 1 the water depth is approximately 109.5
m. The water depth increases to about 112 m of hydrophone
30 which is approximately 430 m from hydrophone 1. After

FIG. 5. Measured transmission loss at 53, 103, 153, and 503 Hz over a
10-km interval at an approximately constant water depth of 110 m. Depth of
J-15-1 source is about 29.5 m.

FIG. 6. Sound speed profiles derived from CTD measurements taken at
Stations 1–3.
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hydrophone 30, the water depth stays approximately con-
stant. Thus, sound propagation from the light bulb position at
Station 2 to hydrophones 30–52 approximately represents
propagation over a flat bottom. The water depth decreased to
about 102.8 m over an approximately constant slope between
Station 1 and the light bulb position at Station 3.

III. INVERSION METHODOLOGY

We now describe several aspects of the broadband inver-
sion methodology. Specifically, we discuss the selection of
the forward acoustic model, the cost functions, the seabed
representation, and the optimization approach.

The forward model for the propagation of sound in the
ocean waveguide is the normal mode algorithm, ORCA, re-

ported by Westwoodet al.4 A normal mode approach is well
suited for the inversion problem in horizontal stratified envi-
ronments when the predicted received pressure on an array
of hydrophones is required at multiple frequencies. In gen-
eral, ORCA has the capability to solve the normal mode
eigenvalue problem in the complex plane. This general ap-
proach treats the modal attenuation in an exact manner, and
the leaky modes give an approximate representation to the
modal continuum. The full complex wavenumber solution,
however, is computationally intensive. Further, for each sea-
bed solution, one generally needs to carefully examine the
horizontal wavenumber spectrum to verify its accuracy, be-
cause the complex eigenvalue search is not completely ro-
bust at some specific frequencies and sets of seabed param-
eters. In a typical application of a modern optimization
approach to geoacoustic inversion, it is not uncommon for
the number of forward calls to be on the order of 105. An
option was selected within ORCA to solve the eigenvalue
problem on the real axis and then employ standard perturba-
tion theory to estimate the imaginary part of the horizontal
wavenumber eigenvalue that accounts for sediment attenua-
tion. The real axis approximation also neglects continuum
contributions associated with the final layer, usually assumed
to be a homogeneous half-space. The real axis approximation
can be one to two orders of magnitude faster than the full
complex plane calculation. An argument can be made that
the real axis approximation is reasonable for the problem at
hand. First, the forward model computes the broadband field
at a source-receiver range on the order of 100 water depths.
Clearly, the continuum part of the acoustic field can be safely
neglected. Second, if we allow our argument to be influenced
by the a priori knowledge that at least the first 20 m of
sediment has a soft low-loss character like that of a clayey
silt, one can anticipate that the perturbative form of the
modal attenuation will be reasonably good in the proximity
of the true or global solution for the geoacoustic profile.

Two cost functions were considered in this analysis. The
first cost function is a peak cross correlation of measured and
modeled time series averaged over the individual hydro-
phones of the array:

E512C̃, ~3.1!

C̃5
1

N (
i

N U(
j

K

M i~v j ,X!Di* ~v j !exp~ iv jtpi
!U. ~3.2!

In Eq. ~3.2!, Mi andDi are the modeled and measured com-
plex pressures at theith receiver, respectively, and* repre-
sents complex conjugation. The modeled pressure is the
product of the simulated response function and the measured
source spectrum. The modeled pressure is a function of the
solution vectorX, to be estimated with an inversion method
such as simulated annealing. The product of the model and
data are summed coherently over a total ofK frequencies,
wherev j52p f j . The cross correlation is averaged overN
hydrophones, wheretpi

represents the time delay for theith
hydrophone that gives a peak in the cross correlation. Thus,

FIG. 7. Measured bathymetry over acoustic paths and HLA.
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the cost function is an incoherent sum over hydrophones and
a coherent sum over frequency. The second cost function
considered in this work has the form of a coherent sum over
frequency and a coherent sum over the product of model and
data cross-spectral pairs,

E512C̃~X!, ~3.3!

whereC(X) is the correlation between data and model cross-
spectra for the set of environmental parametersX so that

C̃~X!5
1

N U(
f

(
iÞ j

(
j

Ri j ~ f !Mi* ~ f ,X!M j~ f ,X!U, ~3.4!

and N is the normalization that gives21<C<1. Ri j ( f ) is
the normalized cross-spectrum of the measured signals on
the ith and jth hydrophones at frequencyf. The normalized
data cross spectra are

Ri j ~ f !5Di~ f !D j* ~ f !, ~3.5!

whereDi( f ) is normalized so that

A(
i

(
f

uDi~ f !u251. ~3.6!

The normalized modeled fieldMi( f ,X) is propagated from
the source to theith hydrophone at frequencyf for the envi-
ronmentX. The modeled fields are normalized so that

A(
i

(
f

uMi~ f ,X!u251. ~3.7!

Clearly Eq.~3.5! shows that knowledge of the details of the
phase of the source function is not required. The fully coher-
ent ~over both space and frequency! matched-field process-
ing correlation function in Eq.~3.4! was introduced by
Westwood11 in a broadband matched-field analysis for a
deep-water waveguide and by Knobles and Mitchell12 for a
shallow water waveguide. It is important to note that the
diagonal elements in Eq.~3.4! are not included in the coher-
ent sum over hydrophone pairs. There are two reasons for the
exclusion of the diagonal terms. First, the exclusion in-
creases the coherence gain of the signal relative to assumed
incoherent noise. Second, the exclusion reduces the severity
of the side lobes in the ambiguity patterns of the cost func-
tion. In the absence of noise, both cost functions should lead
to identical solutions.

The selection of a seabed representation requires careful
consideration for a specific geoacoustic inverse problem.
This selection should reflect an attempt to include with mini-
mal complexity the important physical mechanisms of the
acoustic interaction with the seabed. In this analysis the sea-
bed is assumed to consist of fluid layers. This assumption is
consistent with the choice of the real axis approximation in

ORCA, since the inclusion of shear effects in the normal
mode approach requires the solution of the complex eigen-
value problem. While shear wave mechanisms become im-
portant for thin sediments over such materials as chalk or
sandstone, there is no geophysical evidence here of such a
seabed structure. It is further assumed that each sediment
layer can be described by six parameters: the surface com-
pressional sound speed and attenuation, the sediment layer
thickness, a constant density, and constant gradients for the
sound speed and attenuation. The neglect of a density gradi-
ent is consistent with the study by Rutherford and Hawker on
the effect of density gradients on the bottom plane wave
reflection coefficient.13 A seismic cross section measured
about 17 km from SWAMI suggests that a realistic seabed
representation would be six sediment layers over a homoge-
neous half-space.6 Such a representation would require 39
parameters. The sparse acoustic data considered in this
analysis is insufficient for the unique determination of a
seven-layer representation. Further, it is well known that the
unique determination of specific parameters becomes more
difficult as the number of parameters increase. A reasonable
compromise was selected that considered a seabed with two
sediment layers over a homogeneous basement. Such a rep-
resentation allows for reflection and transmission at the three
interfaces and refraction within the two sediment layers.

On the basis of experience gained using a Levenberg–
Marquardt approach14 to perform geoacoustic inversion for
simulated data, a simulated annealing method was selected
as the optimization approach.15–18The specific annealing ap-
proach used in this study is that reported by Goffeet al.16

Past experience demonstrated that success with a
Levenberg–Marquardt approach requires a combination of
grid search and multiple random starting positions to coun-
teract the tendency for the solution to become entrapped in
local minima. Directed Monte Carlo searches such as simu-
lated annealing and the genetic algorithm are useful alterna-
tives to troublesome local methods. Simulated annealing is a
global optimization method that has the ability to find a glo-
bal minimum within a multidimensional space containing
numerous suboptimum minima. The employment of a simu-
lated annealing method for the inversion of seabed param-
eters from low-frequency acoustic data is a fairly well-
established method in the ocean acoustics community.9,17,18

Numerous tests were made with the Goffe algorithm, includ-
ing the application to benchmark geoacoustic simulated data
sets.14 A key aspect of this annealing approach is that, as the
temperature decreases, the size of the random perturbation of
a parameter is decreased by maintaining the number of ac-
cepted perturbations at 50%. This approach is to be com-
pared to that employed by Fallat and Dosso.18

IV. APPLICATION TO EXPERIMENTAL DATA

Qualitatively, there is a fairly well-established geophys-
ical description of the specific location where the acoustic
measurements were made, but precise ‘‘ground truth’’ infor-
mation does not exist, on parameters such as sound speeds
and densities. At most, the existing geophysical information
gives upper and lower bounds for certain geoacoustic param-
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eters. For example, one should expect the ratio of the top
sediment to bottom water sound speed to have an upper limit
near or below unity. The density should have an upper limit
of about 1.6 g/cm3. The seismic profiles indicate a lower
limit of about 20 m for the sediment thickness of the first
layer. However, if Ref. 6 is correct, that the Wisconsin layers
below the Holecene layer do not contain significant amounts
of sand, the effective lower limit for a sediment thickness of
the first layer may be greater than 20 m. It is significantly
more difficult to establish upper and lower limits for the
sound speed gradient and attenuation. Under these circum-
stances one must adopt another measure to establish the va-
lidity of an inversion. The basic scientific approach adopted
in this analysis was to first make individual inversion calcu-
lations using selected combinations of the received time se-
ries from the light bulb implosions at Stations 1 and 3, the
CTD measurements at the three stations, and the two cost
functions in Eqs.~3.2! and ~3.4!. Assumed to be important
for the analysis was comprehending how observed differ-
ences in the water column sound speed structure affected the
seabed parameter estimates obtained from the optimization.
From the separate geoacoustic solutions modeled TL is gen-
erated to be compared to the measured TL versus range of
Fig. 5. Both the TL and time series comparisons aid in se-
lecting a geoacoustic representation, along with parameter

uncertainties, that most closely represents the actual geoa-
coustic structure. We may think of this type of analysis as a
self-consistent approach to inversion. Comparing these re-
sults to the geophysical description6 and the previous inver-
sions at the GEMINI location7–9 further aids in judging the
consistency of the results.

The geoacoustic parameters that the analysis attempted
to extract from the experimental data were described in the
previous section. With the inclusion of water depth as a pa-
rameter, the problem becomes 16-dimensional. However, an
initial analysis indicated that it was reasonable to hold the
basement parameters fixed at the nominal values ofCB

52000 m/s,pB52.2 g/cm3, and aB50.1 dB/m/kHz, thus
further reducing the dimension of the problem to 13. Al-
though the previous inversions and geophysical descriptions
indicated a soft first sediment layer, thisa priori information
was not considered in the inversion. Parameters were gener-
ally allowed to vary within the bounds as described by
Hamilton.19 The permitted range of the sound speeds at the
top of each sediment layer is 1450–1750 m/s. The permitted
range of the sediment density in each layer was 1.2–2.0
g/cm3. The permitted range of the attenuations at the top of
each sediment layer was 0.005–0.30 dB/m/kHz. The permit-
ted range of the sound speed and attenuation gradients in
each layer were 0.7–3.0 s21 and 0.0001–0.05 dB/m2/kHz,
respectively. The permitted range of the sediment thickness
of each sediment layer was 5–100 m.

A. Station 2 light bulb inversions and transmission
loss comparisons

The bathymetry between hydrophones 30–52 and Sta-
tion 2 is approximately flat. Thus the analysis became fo-
cused on an inversion of the Station 2 light bulb data mea-
sured on hydrophones 30–52. The experimental analysis
using the combination of the cost function in Eq.~3.2! and
the SSP measured at Station 2 will be referred to as EA1.
Likewise we will refer to the analysis with the combination
of the SSP measured at Station 1 and the cost function in Eq.
~3.2! as EA2. Also, EA3 and EA4 refer to the analysis with

FIG. 8. Comparison of measured time series generated from Station 2 light bulb deployment with time series modeled using the EA1 geoacoustic solution.
Source depth is 30 m and bandwidth is 75–500 Hz.

TABLE I. First sediment layer geoacoustic parameters and water depth with
average peak cross-correlation cost function using data generated from a
light bulb in 75–500-Hz band at Station 2.

SSP at Station 2 SSP at Station 1

EA1 EA2 EA2m

Water depth~m! 112.5 109.1 109.1
Top sound speed~m/s! 1472.4 1486.3 1476.3
Sound speed gradient~1/s! 2.21 1.54 1.74
Density ~g/cm3! 1.525 1.91 1.51
Top attenuation~dB/m-kHz! 0.017 0.013 0.01
Bottom attenuation~dB/m-kHz! 0.035 0.04 0.037
Thickness~m! 60.3 69.6 69.6
Cost function 0.33 0.39 0.51
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the cost function in Eq.~3.4! with the SSP measured at Sta-
tions 2 and 1, respectively. The permitted range of the water
depth was 109–114 m.

Though ORCA is efficient, it was still impractical for the
13-dimensional problem to allow the simulated annealing ap-

proach described above to converge to a degree where the
parameter perturbations had become sufficiently small. An
approximation was introduced that attempted to decouple the
parameter space into two subspaces. One subspace contained
the parameters in the first sediment layer plus the water

FIG. 9. Comparison of measured time series generated from Station 2 light bulb deployment with time series modeled using the EA2 geoacoustic solution.
Source depth is 30 m and bandwidth is 75–500 Hz.

FIG. 10. Comparison of measured transmission loss with transmission loss modeled using the EA1 geoacoustic solution. Source depth is 29.5 m.
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depth, and the second subspace contained the parameters in
the second sediment layer. The idea was first to hold the
parameters in the second subspace at nominal values within
the permitted search space, and to perform an inversion for
the parameters in the first subspace in the 75–500-Hz band.
The second step was to hold the parameters in the first

subspace fixed and then perform an inversion for the param-
eters in the second subspace in the 75–200-Hz band. In
principle, this process would converge if the two spaces were
adequately decoupled or if the acoustic field were insensi-
tive to the second subspace parameters. We found the
latter to be true.

FIG. 11. Comparison of measured transmission loss with transmission loss modeled using the EA2 geoacoustic solution. Source depth is 29.5 m.

FIG. 12. Comparison of measured time series generated from Station 2 light bulb deployment with time series model using the EA2m geoacoustic solution.
Source depth is 30 m and bandwidth is 75–500 Hz.
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For each individual inversion, the starting temperature
of the simulated annealing algorithm was fixed in such a
manner that approximately 5% of the uphill moves were ini-
tially rejected. The temperature was decreased by multiply-
ing the previous temperature by a reduction factor less than
unity. The reduction factor was set to 0.90 after examination
of several test cases using simulated data. For each parameter
change, the complex frequency response is computed and
convolved with the measured source waveform shown in
Fig. 4. One hundred perturbations were made for each pa-
rameter per temperature. Approximately 100 temperature re-
ductions were made for each EAn ; n51, 2, 3, and 4. All
calculations were made using a single processor on a SUN
4000 computer. The starting vectors were varied to minimize
the possibility that the simulated annealing process would
settle into a local minimum instead of the global minimum.
The total computation time for each inversion run was ex-
cessive, on the order of several weeks for each EAn . While
this approach is clearly not efficient, the focus on the re-
search at this stage was finding the true global minimum for
each EAn .

From the start the inversions indicated a thick~'50–70
m! first sediment layer. In a few cases, tests were made to
determine if the parameters values assumed for the second
layer were influencing this result. The optimization consis-
tently rejected the possibility of a thin soft layer over a
harder layer. For example, even though the overall time

FIG. 13. Comparison of measured transmission loss with transmission loss modeled using the EA2m geoacoustic solution. Source depth is 29.5 m.

TABLE II. First sediment layer geoacoustic parameters and water depth
with coherent cross-spectra cost function using data generated from a light
bulb in 75–500 Hz band at Station 2.

SSP at Station 2 SSP at Station 1

EA3 EA4

Water depth~m! 111.59 110.10
Top sound speed~m/s! 1510.8 1504.5
Sound speed gradient~1/s! 1.48 1.92
Density ~g/cm3! 1.50 1.24
Top attenuation~dB/m-kHz! 0.0079 0.011
Bottom attenuation~dB/m-kHz! 0.041 0.041
Thickness~m! 49.21 51.90
Cost function 0.41 0.35
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spread of the impulse response could be reproduced by a
hard layer near the water–sediment interface, the details of
the arrivals were of a very different nature than those ob-
served in the measured data. Although the simulated anneal-
ing was allowed to obtain parameters in the second layer
using a subset of the lower frequency band, the sensitivity of
the impulse response to changes in the second subspace was
very small. It was determined that as a result of the large
source–receiver range~'100 water depths! accurate infor-
mation for the second subspace could not be obtained. The
result of the second layer inversions for EA2 was the follow-
ing. The ratio of the sound speed at the top of the second
layer to the sound speed at the bottom of the first layer was
1.05. The density of the second layer was 1.59 g/cm3. The
sediment thickness was 39.3 m and the sound speed gradient
was 1.057 s21. The attenuation at the top of the second layer
and the attenuation gradient were 0.3 and 0.034 dB/m/
kHz/m, respectively. The parameters of the basement were
those previously listed. Again, the numerical values for the
second layer lack meaning because of the insensitivity of the
sound field to the second layer parameters resulting from the
large thickness estimated for the first layer. However, one
may expect that for lower frequencies and shorter ranges,

such as those associated with the TL measurements, the de-
tails of the second layer may be important.

Presented in Table I are the broadband geoacoustic in-
version solutions for EA1 and EA2 that utilize the cost func-
tion in Eq. ~3.2!. Both inversions give a description of the
seabed as a single low-speed sediment layer with a thickness
of 60–70 m. For a bottom water sound speed (Cbw) of about
1515.1 m/s, the sound speed ratio,R5C1 /Cbw , is 0.971 and
0.981 for EA1 and EA2, respectively. It is important to re-
member that the EA1 and the EA2 solutions differ only in the
small differences in the water column sound speed structure
measured at Stations 1 and 2. Thus, assuming that the opti-
mization approach found the true global minimum for each
case, one observes that the small 1–2-m/s sound speed dif-
ferences between the two measured SSPs result in different
values for the estimated seabed geoacoustic parameters, es-
pecially the density and sound speed gradient.

The EA1 and EA2 solutions indicate that refraction
within the first layer is an important physical mechanism of
the sound field interaction with the seabed. The details of the
modal turning points within the sediment are governed byR
and the sound speed gradient. Figures 8 and 9 show the
comparisons for the measured and modeled time series using

FIG. 14. Comparison of measured time series generated from Station 2 light bulb deployment with time series modeled using the EA3 geoacoustic solution.
Source depth is 30 m and bandwidth is 75–500 Hz.

FIG. 15. Comparison of measured time series generated from Station 2 light bulb deployment with time series modeled using the EA4 geoacoustic solution.
Source depth is 30 m and bandwidth is 75–500 Hz.
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the EA1 and EA2 solutions, respectively. Qualitatively, the
comparisons are good. The peak cross-correlation value be-
tween the measured and modeled time series in the 75–
500-Hz band is on the order of 0.7 for both EA1 and EA2.
Figures 10 and 11 present a comparison of the measured and
modeled TL using the EA1 and EA2 solutions, respectively.
For both EA1 and EA2 the level of agreement with the mea-
sured data is good. For EA1, one observes fairly good agree-
ment at 53, 103, and 153 Hz. For 503 Hz the level of agree-
ment is fairly good out to about 5 km where the model
begins to underestimate the TL. For EA2, the agreement at
53 Hz is better than that observed for EA1. However, for 153
Hz the EA2 solution does not compare as well to the data as
does the EA1 solution. As in the EA1 case, the EA2 solution
at 503 Hz underestimates the TL starting at about 5 km. The
complex interference pattern in the low-frequency TL as a
function of range results from the presence of several low-
order modes and is consistent with the large time spread of
the impulse response.

While the solution obtained from the EA2 light bulb in-

version results in reasonably good fits to the TL data, the
geoacoustic profile is unphysical in the sense that the density
of 1.91 g/cm3 is not consistent with the sediment’s low sound
speed and low loss structure. This can be expected in an
unconstrained inversion, but postprocessing adjustments
should be made to obtain a more physical seabed represen-
tation for which the modeled and measured broadband and
narrow-band responses are still in reasonable agreement. Our
approach in this case was first to lower the density to a more
physical value of 1.51 g/cm3. This increased the penetration
of the sound field into the sediment, thus increasing the loss
because of attenuation. The sound speed gradient was then
increased slightly and the attenuation lowered in order to
decrease the loss resulting from the decrease in the density.
Finally, the surface sound speed in the top sediment was
lowered slightly to improve the TL fit at the lower frequen-
cies. The resulting geoacoustic representation is listed in
Table I as EA2m . Figure 12 shows the comparison of the
measured time series and the time series obtained using the
EA2m solution. The quality of fit is reasonably good. It ap-

FIG. 16. Comparison of measured transmission loss with transmission loss modeled using the EA3 geoacoustic solution. Source depth is 29.5 m.
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pears that some of the later modeled arrivals give a better fit
than those in Figs. 8 and 9. However, the significance of this
observation is not clear since the cost function for the EA2m

solution is slightly higher as compared to those associated
with the EA1 and EA2 solutions. Figure 13 presents the com-
parisons of the measured and modeled TL obtained using the
EA2m solution. The TL comparison are at least as good as
those presented in Figs. 10 and 11. The TL at 503 Hz for the
EA2m solution gives a better fit to the data as compared to

the EA1 and EA2 solutions. In many aspects EA2m solution is
very similar to the EA1 solution, the main difference being
that the EA1 solution has a larger sound speed gradient and a
higher attenuation.

Presented in Table II are the broadband geoacoustic in-
version solutions for EA3 and EA4 that utilize the cost func-
tion in Eq. ~3.4!. No attempt was made to optimize the sec-
ond layer. The second layer parameters were held fixed to the
EA1 and EA2 values. As in the case of the EA1 and EA2

FIG. 17. Comparison of measured transmission loss with transmission loss modeled using the EA4 geoacoustic solution. Source depth is 29.5 m.

FIG. 18. Comparison of measured time series generated from Station 3 light bulb deployment with time series modeled using the EA5 geoacoustic solution.
Source depth is 30 m and bandwidth is 250–500 Hz.
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solutions, the EA3 and EA4 solutions describe the seabed as
a single soft sediment layer, but slightly thinner. The sound
speed ratio is 0.993 and 0.997 for the EA3 and EA4 solutions,
respectively. While these ratios are still less than unity, they
are larger by a significant amount than those in the EA1,
EA2, and EA2m solutions. As with the EA1, EA2, and EA2m

solutions the main physical mechanism of the sound field
interaction with the seabed is refraction within the first layer.
Figures 14 and 15 show the comparisons for the measured
time series and the time series modeled using the EA3 and
EA4 solutions, respectively. Qualitatively, the comparison for
the EA2 solution is good, but not as good as for the EA1,
EA2, and EA2m solutions. The EA3 solution gives too short a
time spread compared to the measured data. The EA4 solu-
tion gives a time series that compares about as well as those
predicted by the EA1, EA2, and EA2m solutions. Figures 16
and 17 present a comparison of the measured and modeled
TL using the EA3 and EA4 solutions. Overall, the TL com-
parisons are not as good as those associated with the EA1,
EA2, and EA2m solutions. Specifically, one observes that the
EA3 and EA4 solutions do not properly predict the details of
the interference patterns at the lower frequencies and predict
too low a loss at both 103 and 503 Hz past 3 km. As ob-
served for the EA1 and EA2 solutions, the differences in the
measured SSPs resulted in different estimates for the density
and sound speed gradient for the EA3 and EA4 solutions.
Also, not only can small differences in the assumed SSP lead
to differences in the estimated parameters, the details of the
assumed cost function can greatly affect the estimated values
of the seabed parameters. On the basis of the TL compari-
sons, the solutions with the lower ratios (EA1, EA2, and
EA2m) appear to more accurately describe the true seabed
geoacoustics as compared to the higher ratio EA3 and EA4

solutions.

B. Station 3 light bulb inversions and comparisons to
transmission loss

Because of the limitations imposed by the high noise in
the 0–250-Hz band and the range dependence of the bathym-
etry, a more limited analysis of the light bulb event at Station
3 was performed. Specifically, the measured SSP at Station 3
was chosen for an inversion using the two cost functions.
EA5 and EA6 refer to the inversion solutions obtained using
the cost functions in Eqs.~3.2! and~3.4!, respectively. Unlike
the case where the propagation paths between Station 2 and

hydrophones 30–52 are approximately range independent,
the propagation paths from Station 3 to all the receivers are
downslope since the water depth at Station 3 is approxi-
mately 103 m. Though maximizing the number of hydro-
phones in the cost function is important, only hydrophones
1–20 were employed, and the water depth was allowed to
vary between 102 and 112 m. The hypothesis was that an
average water depth would describe the frequency depen-
dence of the acoustic response function to a reasonable de-
gree of accuracy. The SSP at Station 3 was utilized because it
more accurately reflected the cooler temperatures in the sur-
face layer at the early morning hour when the Station 3 light
bulb measurement was made.

Presented in Table III are the geoacoustic inversion so-
lutions for EA5 and EA6. As in the case of the Station 2
inversions, the EA5 and EA6 solutions give a description of
the seabed as a single thick low-speed sediment layer. The
sound speed ratios are 0.998 and 0.978 for the EA5 and EA6

solutions, respectively. The difference in these two ratios are
similar to the differences in the ratios obtained for the vari-
ous cases in the Station 2 analyses described in Sec. IV A.
Figures 18 and 19 compare measured and modeled time se-
ries from station 3 light bulb deployment using the EA5 and
EA6 geoacoustic solutions, respectively. The time series pre-
dicted by the EA5 solution has too short a duration as com-
pared to the measured data. The time series predicted by the
EA6 solution is in good agreement with the measured data.
Figure 20 compares the measured Station 3 time series to a
model prediction that uses the geoacoustic profile in EA2m

with a water depth of 106.35 m and the SSP at Station 3.
Qualitatively, one obtains good agreement. This is encourag-
ing because it demonstrates a consistency check for the

FIG. 19. Comparison of measured time series generated from Station 3 light bulb deployment with time series modeled using the EA6 geoacoustic solution
with a water depth of 106.35 m. Source depth is 30 m and bandwidth is 250–500 Hz.

TABLE III. First sediment layer geoacoustic parameters and water depth
using acoustic data generated by a light bulb in 250–500-Hz band at Station
3.

SSP at Station 3

EA5 EA6

Water depth~m! 106.35 102.9
Top sound speed~m/s! 1511.9 1482.2
Sound speed gradient~1/s! 2.62 3.0
Density ~g/cm3! 1.55 1.6
Top attenuation~dB/m-kHz! 0.01 0.0083
Bottom attenuation~dB/m-kHz! 0.072 0.069
Thickness~m! 62.0 51.9
Cost function 0.39 0.35
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EA2m inversion applied to an independent measurement. Fig-
ures 21 and 22 compare the measured TL with that predicted
by the EA5 and EA6 solutions, respectively.
The EA5 comparisons are not especially good because of
the high sound speed ratio. The EA6 comparisons are signifi-
cantly better, reflecting the observations made in Sec. IV A
with regard to the sound speed ratio at the water sedi-
ment-interface.

C. Discussion

On the basis of the six inversions plus the modification
of the EA2 result, EA1 and EA2m , which are approximately
equivalent, appear to give the best fits to the experimental
data and are physically consistent. One may argue that they
represent the actual seabed more closely than the other solu-
tions. Table IV compares selected parameters in EA1 and

FIG. 20. Comparison of measured time series generated from Station 3 light bulb deployment with time series modeled using the EA2m geoacoustic solution.
Source depth is 30 m and bandwidth is 250–500 Hz.

FIG. 21. Comparison of measured transmission loss with transmission loss modeled using the EA5 geoacoustic solution. Source depth is 29.5 m.

219J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Knobles et al.: Broadband propagation in shallow water and inversion



EA2m to previously published values at a nearby location.7–9

The EA1 and EA2m sound speed ratios are close to the value
reported by Collinset al.9 The EA1 sound speed gradient
compares well with those reported in Refs. 8 and 9 while the
gradient in EA2m is smaller. The densities compare fairly
well. The EA1 value for the attenuation agrees well with that
reported in Ref. 9; however, the EA2m value is about half the
value reported in Ref. 9.

Figures 23 and 24 show the cost function and parameter
values for about 5000 forward calls in the EA1 and EA2

calculations, respectively. These cost function values were
evaluated for a wide distribution of temperatures. Viewed in

this manner the cost function structure suggests the uncer-
tainty of the estimated parameters. For both EA1 and EA2 the
best determined parameter is clearly the top sediment sound
speed. From these distributions, one may say that for EA1 the
estimated value of the top sediment sound speed is approxi-
mately 1470 m/s. For EA2 the estimated value of the top
sediment sound speed is approximately 1485 m/s. The cost
functions for the sediment thickness supports the earlier ob-
servation that a thin sediment over a hard sediment did not
give the correct arrival structure in the time series. One may
interpret the distributions in Figs. 23~b! and 24~b! as placing
a lower limit of about 45 m on the sediment thickness. In

FIG. 22. Comparison of measured transmission loss with transmission loss modeled using the EA6 geoacoustic solution. Source depth is 29.5 m.

TABLE IV. Comparisons of selected geoacoustic parameters from first sediment layer of EA1 and EA2m with
reported values for GEMINI location.

EA1 EA2m Rubano Lynchet al. Collins et al.

Sound speed ratio 0.9718 0.9744 0.9820 0.9840 0.9710
Sound speed gradient~1/s! 2.21 1.74 ¯ 2.25 2.03
Density ~g/cc! 1.52 1.51 1.40 1.56 1.66
Top attenuation~dB/m-kHz! 0.017 0.010 ¯ ¯ 0.022
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Fig. 23~c! one observes that the EA1 distribution for the
sound speed gradient gives an estimated value of about 2.2
s21. In Fig. 24~c! one observes that the EA2 distribution for
the sound speed gradient suggests an estimated value of
about 1.55 s21. Both Figs. 23~d! and 24~d! appear to suggest
an upper limit of about 0.03 dB/m/kHz for the top sediment
attenuation. In Fig. 23~e! one sees that the minimum value of
the cost function occurs around 1.5 g/cm3. In Fig. 24~e!,
however, one sees that the minimum value of the cost func-
tion occurs around 1.9 g/cm3. Clearly the sound speed struc-
ture and sediment thickness have significantly less uncer-
tainty than the density and attenuation. This is consistent
with previous benchmark geoacoustic inversion studies for
noise-free simulated data.14,20 Figures 23~b!, 23~d!, 24~b!,
and 24~d! quantity for this analysis the effect that small fluc-
tuations in the assumed SSP can have on the estimated val-
ues and uncertainties of the sound speed gradient and den-
sity.

The TL modeling calculations provided a clear under-
standing of the seabed interaction mechanisms for the ex-
perimental location. The time scale of the impulse response
in a shallow water waveguide with a soft seabed is dependent

in a complex manner on the details of the velocity and at-
tenuation structure. The observed large time spread of the
impulse response results from both the low velocity and low
attenuation of the thick upper sediment, coupled with a fairly
large upper layer sound speed gradient that produces and
preserves a large number of multipath arrivals. From a nor-
mal mode point of view, the dispersion of the modal group
velocities of the significant modes, their dispersion over the
frequency bandwidth, and the details of the modal attenua-
tions allows for a significant time spread of the modal arriv-
als. The presence of several low-order modes results in the
complex interference pattern in the low-frequency transmis-
sion loss as a function of range, and is consistent with the
large time spread of the impulse response.

V. SUMMARY

In summary, an acoustic propagation experiment was
conducted in a shallow water environment in the Gulf of
Mexico. Both broadband and narrow-band acoustic measure-
ments were made on a horizontal line array with a length of
about five water depth. An optimization analysis to estimate
the geoacoustic structure of the seabed, using a simulated

FIG. 23. Cost function distributions for selected parameters of first sediment
layer in EA1 solution.

FIG. 24. Cost function distributions for selected parameters of first sediment
layer in EA2 solution.
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annealing approach with uncalibrated light bulb sources, was
demonstrated. The simulated annealing algorithm was linked
to a broadband normal mode model. Several broadband cost
functions, measured SSPs, and light bulb events were uti-
lized in the inversions. Measured TL at multiple frequencies
served as a basis to select an inversion solution considered to
describe the actual seabed most accurately. For the same SSP
and light bulb data, it was observed that the two cost func-
tions led to differences in the inferred geoacoustic structure
of the seabed, whose effects were easily quantified in the TL
comparisons. Compared to the data-model cross-spectra cost
function the average peak cross-correlation cost function
produced a more accurate geoacoustic representation of the
seabed. However, one cannot conclude from this single
analysis that this is a general result. The cross-spectra cost
function is sensitive to errors in the assumed hydrophone
positions. Thus the difference in inversion results between
the two cost functions may be associated with possible errors
in the reconstruction of the array geometry. It was also ob-
served that the small deviations in the measured SSPs had a
significant effect on the uncertainties of the sound speed gra-
dient and the density. However, the effect of the SSP devia-
tions was smaller than the effect of varying the cost func-
tions.
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Spectral and modal formulations for the Doppler-shifted field
scattered by an object moving in a stratified medium
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Spectral and normal mode formulations for the three-dimensional field scattered by an object
moving in a stratified medium are derived using full-field wave theory. The derivations are based on
Green’s theorem for the time-domain scalar wave equation and account for Doppler effects induced
by target motion as well as source and receiver motion. The formulations are valid when multiple
scattering between the object and waveguide boundaries can be neglected, and the scattered field
can be expressed as a linear function of the object’s plane wave scattering function. The advantage
of the spectral formulation is that it incorporates the entire wave number spectrum, including
evanescent waves, and therefore can potentially be used at much closer ranges to the target than the
modal formulation. The normal mode formulation is more computationally efficient but is limited to
longer ranges. For a monochromatic source that excitesN incident modes in the waveguide, there
will be roughly N2 distinct harmonic components in the scattered field. The Doppler shifts in the
scattered field are highly dependent upon the waveguide environment, target shape, and
measurement geometry. The Doppler effects are illustrated through a number of canonical examples.
© 2003 Acoustical Society of America.@DOI: 10.1121/1.1499135#

PACS numbers: 43.30.Gv, 43.30.Vh, 43.30.Es@DLB#

I. INTRODUCTION

Standard active sonar and radar systems estimate the
instantaneous velocity of a moving target in free space by
resolving Doppler shifts in the frequency spectrum of scat-
tered waves. To obtain all components of the velocity vector,
a multistatic measurement geometry may be necessary. This
type of active scenario is well suited to the velocity estima-
tion of a distant body because the frequency spectrum of the
source is known and controllable and so can be tailored to
the resolution constraints of the problem at hand. In passive
sonar and radar, however, velocity estimation by Doppler
shift analysis is often less reliable because the distant object
must itself radiate enough power to be detected. Additionally,
the frequency spectrum of this radiation must be known, and
have sufficiently narrow bandwidth and stability for Doppler
shifts to be extracted robustly.

The problem of using active sonar to estimate the veloc-
ity of an underwater target moving in an ocean waveguide
has complications not found in the free-space analogue. This
is because propagation and scattering effects in a waveguide
are typically not separable as they are in the far field free-
space scenario. Also, multiple frequency components are
typically present in the field scattered from an object moving
in an ocean waveguide even if the active source of radiation
is harmonic. An accurate physical model for the field scat-
tered from an object moving in a stratified ocean waveguide
must then be derived before techniques can be developed to
estimate the submerged object’s velocity. It is the goal of this
paper to derive such a model and to investigate the Doppler
effects induced by motion of a source, target, and receiver in
a stratified ocean waveguide. Inclusion of source and re-

ceiver motion is also necessary because the source and re-
ceivers are typically mounted on research vessels that move
with speeds similar to that of the target, and so induce their
own Doppler effects that must be differentiated from those
induced by the target.

Doppler effects induced by the motion of a radiating
source that is passively measured at a moving receiver in free
space have been extensively studied in acoustics.1,2 Doppler
effects for the corresponding passive problem of a moving
source and a moving receiver submerged in a stratified ocean
waveguide have also been studied in the literature.3,4 Multi-
modal propagation and dispersion make the Doppler effects
far more complicated in a waveguide than in free space. For
example, the field radiated by a time harmonic source mov-
ing in an ocean waveguide can be received with multiple
frequency components because of multimodal propagation.

A number of models exist for three-dimensional scatter-
ing from targets submerged in a stratified medium, as de-
scribed in Ref. 5. A particularly convenient and widely used
approach is the single-scatter theorey developed in Refs.
5–8. The major advantage of this approach is that the scat-
tered field is expressed in terms of the target’s free-space
plane wave scattering function. This theory is valid when~1!
the propagation medium is horizontally stratified and range-
independent;~2! the object is contained within an iso-
velocity layer;~3! multiple scattering between the object and
waveguide boundaries make negligible contribution at the
receiver; and~4! the range from the object to source and
receiver is sufficiently large that the scattered field can be
expressed as a linear function of the object’s plane wave
scattering function. This theory, however, assumes that the
source, receiver, and target are not moving so that Doppler
effects must be negligible.

In this paper, the single scatter theory is generalized toa!Electronic mail: makris@mit.edu
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include the effects of source, receiver, and target motion.
Analytical expressions are obtained for the field scattered to
a moving receiver from a moving target in a stratified ocean
waveguide by a moving source. The formulations are fully
bistatic, and all the motions are assumed to be horizontal
with constant velocities. Both the expressions for a simple
harmonic source and a source with arbitrary time dependence
are derived in this paper. Spectral and modal representations
of the scattered field are derived from first principles using
the time-domain formulation of Green’s theorem. The spec-
tral representation makes fewer assumptions and is more ac-
curate than the normal mode representation at closer ranges,
but the normal mode formulation provides a compelling
physical interpretation and can be used at longer ranges with-
out significant loss of accuracy. The single scatter theory of
Refs. 6 and 7 then becomes a special case of the present
more general theory when the source, receiver, and target are
at rest. The four listed restrictions of the stationary single
scatter theory also apply to the generalized theory developed
in this paper.

It is noteworthy that when the target, source, or receiver
are moving, the scattered field no longer obeys reciprocity, as
is evident in our present formulation. The concept of a time-
reversal mirror9–11 therefore is not directly applicable under
motion of the target, source, or receiver. This is true in both
free space and in a stratified medium.

A simple and intuitive technique for deriving the field
radiated from a moving source measured at a moving re-
ceiver using delta functions is also presented for both spec-
tral and modal formulations. The spectral representation is
identical to the result of Ref. 4. The normal mode represen-
tation makes more accurate approximations than those used
in Ref. 3. The resulting expressions are used in the scattering
problem to describe the incident field from the moving
source at the moving target.

II. ANALYTIC FORMULATION

Analytical expressions for the field scattered from a
moving source by a moving object measured at a moving
receiver are derived from first principles using the time-
domain scalar wave equation and the corresponding time-
domain formulation of Green’s theorem.

Some of the basic approximations and techniques used
in Refs. 6 and 7 to solve the stationary scattering problem are
also applied here. The major difference, however, is that we
must solve the problem with the time-domain scalar wave
equation instead of the Helmholtz equation to account for
motion of the source, receiver, and target.

The time-domain scalar wave equation for the total field
FT with a source functionq(r0 ,t0) is

¹0
2FT~r0 ,t0!2

1

c2

]2FT~r0 ,t0!

]t0
2 52q~r0 ,t0!. ~1!

The Green function for the time-domain scalar wave equa-
tion satisfies

¹0
2G~r ,tur0 ,t0!2

1

c2

]2G~r ,tur0 ,t0!

]t0
2 52d~r2r0!d~ t2t0!.

~2!

By applying Green’s theorem, the total fieldFT can be ex-
pressed as12

FT~r ,t !5E
0

t1

dt0E dV0G~r ,tur0 ,t0!q~r0 ,t0!

1E
0

t1

dt0 R dS0"SG~r ,tur0 ,t0!¹0FT

2FT¹0G~r ,tur0 ,t0! D
2

1

c2 E dV0F]G~r ,tur0 ,t0!

]t0
FT

2G~r ,tur0 ,t0!
]FT

]t0
G t050 , ~3!

which differs from Eq.~7.3.5! of Ref. 12 only by a 4p factor
due to differing choices for the delta function normalization.
The first integral represents the incident fieldF i induced by
the source, and the second integral represents the scattered
field Fs . The third integral accounts for the transient re-
sponse. For example, given a time harmonic source turned
on at t050, this integral vanishes after the source has been
operating for a time durationt1 large compared to the source
period. The first two integrals then represent the steady state
response, and the total field is the summation of the first two
integrals

FT~r ,t !5F i~r ,t !1Fs~r ,t ! ~4!

with incident field

F i~r ,t !5E
0

t1

dt0E dV0G~r ,tur0 ,t0!q~r0 ,t0! ~5!

and scattered field

Fs~r ,t !5E
0

t1

dt0 R dS0"SG~r ,tur0 ,t0!¹0FT

2FT¹0G~r ,tur0 ,t0! D . ~6!

Following the type of abbreviating convention adopted
in Refs. 6 and 7, we will drop the first term in Eq.~6! in the
derivation to avoid cumbersome and uninformative algebra.
The derivation with both terms proceeds in exactly the same
manner and leads to exactly the same expression for the scat-
tered field. This expression is in terms of the object’s plane
wave scattering function for an object with arbitrary bound-
ary conditions.5–7

The scattered field from a rigid surface with unspecified
shape is

Fs(r ,t)52E
0

t1

dt0 R dS0"SFT(r0 ,t0)¹0G(r ,tur0 ,t0) D
52E

0

t1

dt0 R dS0"S @F i~r0 ,t0!

1Fs~r0 ,t0!#¹0G~r ,tur0 ,t0! D . ~7!

For a steady wave problem, this leads to Eq.~37! of Ref. 6
directly.
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For economy, the notation of Ref. 7 is used here and in
the remainder of this article. Figure 2 of Ref. 7 shows the
geometry of spatial and wave number coordinates. For ex-
ample, the object centroidat the initial location of the object
is at the center of all coordinate systems, as shown in Fig. 1.
Source coordinates are denoted by (x0 ,y0 ,z0), receiver co-
ordinates by (x,y,z), and coordinates on the surface of the
target by (xs ,ys ,zs) where the positivez axis points down-
ward and is normal to the interfaces between horizontal
strata. Spatial cylindrical (r,u,z) and spherical (r ,u,f) sys-
tems are defined byx5r sinu cosf, y5r sinu sinf, z
5r cosu, andr25x21y2. Wave number coordinates for the
incident (j ix ,j iy ,g i) and scattered field (jx ,jy ,g) also
originate at the target center and are related to polar and
azimuthal propagation angles byj25jx

21jy
2, where

jx5k sina cosb, ~8!

jy5k sina sinb, ~9!

jz5k cosa, ~10!

k25S v

c D 2

5g21j2. ~11!

The superscript 0 is used to denote the initial positions of the
source, target, and receiver, for example,x(t)u t505x0.

A. Spectral representation of the Doppler-shifted field
scattered from a moving target by a
simple-harmonic source in a stratified waveguide

A spectral representation for the field from a moving
source, scattered by a moving target at a moving receiver, is
now derived. The source is taken to be a simple-harmonic
one with frequencyV, and the motions of the source, target,
and receiver are all horizontal with constant velocity.

In order to calculate the scattered field, Eq.~7! is applied
where the incident field at a pointrs on the surface of the
target depends on timets . The scattered field at the receiver
location r at time t can then be calculated by

Fs~r ,t !52E
0

t1

dts R dSs"S @F i~rs ,ts!

1Fs~rs ,ts!#¹sG~r ,turs ,ts! D , ~12!

where the surface integral is carried out on the surface of the
scatterer.

The incident field induced by a simple-harmonic source
at frequencyV moving with horizontal velocityv0 and re-
ceived at a pointrs on the surface of an object moving with
horizontal velocityvs is obtained from Eq.~A10! as

F i~rs ,t !5
1

2p E
2`

`

d2jig~zs ,z0 ;V1ji "v0!

3ei ji "~rs
0

2r0
0
!e2 i ~V1ji "~v02vs!!t. ~13!

With the decomposition proposed in Eq.~6! of Ref. 7, the
depth-dependent Green function defined in Eq.~A7! be-
comes

g~zs ,z0 ;v i !5A~z0 ;v i !e
ig i ~v i !zs1B~z0 ;v i !e

2 ig i ~v i !zs

~14!

with the shifted frequency of the incident field

v i5V1ji "v0 . ~15!

The location of a point on the surface of the target is

rs5rs
01vsts ~16!

with rs
0 as its initial location atts50 andvs as its horizontal

velocity. The incident field in Eq.~13! then becomes

F i~rs ,ts!5
1

2p E
2`

`

d2jie
2 i ji "r0

0
e2 i ~V1ji "~v02vs!!ts

3@A~z0 ;v i !e
i ~ji "rs

0
1g i ~v i !zs!

1B~z0 ;v i !e
i ~ji "rs

0
2g i ~v i !zs!#. ~17!

The spectral representation of Green’s function for the Helm-
holtz equation in a stratified waveguide is

G~r urs;v!5
1

2p E
2`

`

d2jg~z,zs ;v!ei j"~r2rs!. ~18!

Similarly, the depth-dependent Green function in Eq.~18! is
decomposed as

g~z,zs ;v!5C~z;v!eig i ~v!zs1D~z;v!e2 ig i ~v!zs. ~19!

The motion of the receiver is expressed as

r5r01vt, ~20!

wherer0 is its initial location at timet50 andv is its hori-
zontal velocity. The Green function for the time-domain sca-
lar wave equation from the surface of the targetrs at timets

to the receiver locationr at time t then becomes

FIG. 1. Measurement geometry for a submerged object in a horizontally
stratified waveguide ensonified by a point source. The coordinate system is
centered at the centroid of the object with positivez pointing down. Each
layer i is characterized by sound speedci , densityr i , and attenuationai .
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G~r ,turs ,ts!5
1

2p E
2`

`

dv e2 iv~ t2ts!
1

2p E
2`

`

d2jei j"r0
ei j"vte2 i j"vsts

3@C~z;v!ei ~2j"rs
0

1g i ~v!zs!1D~z;v!ei ~2j"rs
0

2g i ~v!zs!#. ~21!

Inserting Eqs.~17! and ~21! into Eq. ~12! leads to the scattered field

Fs~r ,t !52
1

2p E
0

t1

dts R dSs"H F 1

2p E
2`

`

d2jie
2 i ji "r0

0
e2 i ~V1ji "~v02vs!!ts

3@A~z0 ;v i !e
i ~ji "rs

0
1g i ~v i !zs!1B~z0 ;v i !e

i ~ji "rs
0

2g i ~v i !zs!#1Fs~rs ,ts!G
3¹sS E

2`

`

dv e2 iv~ t2ts!
1

2p E
2`

`

d2jei j"r0
ei j"vte2 i j"vsts

3@C~z;v!ei ~2j"rs
0

1g i ~v!zs!1D~z;v!ei ~2j"rs
0

2g i ~v!zs!# D J , ~22!

wherej"r1gz5krh(a,b;u,f) and

h~a,b;u,f!5cosa cosu1sina sinu cos~b2f! ~23!

is the cosine of the angle between the propagation direction~a, b! and field coordinate direction~u, f! where the anglesa, b
may be complex. Substituting this angular representation into Eq.~22! yields

Fs~r ,t !52
1

2p E
0

t1

dts R dSs"H F 1

2p E
2`

`

d2jie
2 i ji "r0

0
e2 i ~V1ji "~v02vs!!ts

3@A~z0 ;v i !e
ik~v i !r s

0h~a i ~v i !,b i ;us
0 ,fs

0
!1B~z0 ;v i !e

ik~v i !r s
0h~p2a i ~v i !,b i ;us

0 ,fs
0

!#1Fs~rs ,ts!G
3¹sS E

2`

`

dv e2 iv~ t2ts!
1

2p E
2`

`

d2jei j"r0
ei j"vte2 i j"vsts

3@C~z;v!e2 ik~v!r s
0h~p2a~v!,b;us

0 ,fs
0

!1D~z;v!e2 ik~v!r s
0h~a~v!,b;us

0 ,fs
0

!# D J , ~24!

where (a i ,b i) is the propagation direction of the incident
plane waves and (us

0,fs
0) is the direction ofrs

0, the initial
location of a point on the target with respect to the initial
position of the target centroid which is the origin of all co-
ordinates.

For low Mach number motion, the scattered field on the
surface of the object in Eq.~24! is approximately

F̂s~rs,ts!'F̂s~rs;v i !e
2 iv i ts ~25!

for a given incident plane wave. The wave number vectors
for the downgoing and upgoing waves are defined as

k i
15ji1g i îz , ~26!

k i
25ji2g i îz . ~27!

When the Mach number of the target motion is small,
the scattered fields on the surface of the moving target

F̂s(rs ,k i
1 ;v i) and F̂s(rs ,k i

2 ;v i), which are induced by
downgoing and upgoing incident plane waves with unit am-
plitudes, can be approximated as the scattered fields at the
initial locations of the target multiplied by a phase shift fac-
tor ei ji "vsts that accounts for therigid body translation of the
centroid. The scattered field on the object then becomes

Fs~rs ,ts!5
1

2p E
2`

`

d2jie
2 i ji "r0

0
e2 i ~V1ji "~v02vs!!ts

3@A~z0 ;v i !F̂s~rs
0 ,k i

1 ;v i !

1B~z0 ;v i !F̂s~rs
0 ,k i

2 ;v i !#. ~28!

Introducing Eq.~28! into Eq.~24!, then leads to the scattered
field
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Fs~r ,t !52
1

2p E
0

t1

dts R dSs"H F 1

2p E
2`

`

d2jie
2 i ji "r0

0
e2 i ~V1ji "~v02vs!!ts

3~A~z0 ;v i !$e
ik~v i !r s

0h~a i ~v i !,b i ;us
0 ,fs

0
!1F̂s~rs

0,k i
1 ;v i !%

1B~z0 ;v i !$e
ik~v i !r s

0h~p2a i ~v i !,b i ;us
0 ,fs

0
!1F̂s~rs

0 ,k i
2 ;v i !%!G

3¹sS E
2`

`

dv e2 iv~ t2ts!
1

2p E
2`

`

d2jei j"r0
ei j"vte2 i j"vsts

3@C~z;v!e2 ik~v!r s
0h~p2a~v!,b;us

0 ,fs
0

!1D~z;v!e2 ik~v!r s
0h~a~v!,b,us

0 ,fs
0

!# D J . ~29!

For sufficiently long time durationt, the integral overts introduces the delta functiond(v2V2ji "(v02vs)2j"vs) to the
integrand. Integrating overv then leads to

Fs~r ,t !52
1

2p E
2`

`

d2jiE
2`

`

d2jei @j"r02ji "r0
0
#e2 i @V1ji "~v02vs!1j"~vs2v!#t

3 R dSs• H @A~z0 ;v i !$e
ik~v i !r s

0h~a i ~v i !,b i ;us
0 ,fs

0
!1F̂s~rs

0 ,k i
1 ;v i !%

1B~z0 ;v i !$e
ik~v i !r s

0h~p2a i ~v i !,b i ;us
0 ,fs

0
!1F̂s~rs

0 ,k i
2 ;v i !%#

3¹sSC~z;vs!e
2 ik~vs!r s

0h~p2a~vs!,b;us
0 ,fs

0
!1D~z;vs!e

2 ik~vs!r s
0h~a~vs!,b;us

0fs
0

!D J , ~30!

where the Doppler shifted frequency of the scattered field is

vs5V1ji "~v02vs!1j"vs . ~31!

It is important to note that the time dependence has been
factored from the surface integral in going from Eq.~29! to
Eq. ~30! following our approximation for the assumed low
Mach number motion. This means, for example, that the ob-
ject’s orientation with respect to the incoming and outgoing
waves is not significantly altered for a time period large
enough compared to the source period for the source to be
considered harmonic. This is discussed in more detail, for
example, in Sec. II C and Appendix B.

We can then express the scattered field in the waveguide
in terms of the plane-wave scattering function
S(a,b;a i ,b i ;v) of the object. With the aid of Eq.~C19!,
Eq. ~30! becomes

Fs~r ,t !5
1

p E
2`

` E
2`

`

d2jd2ji

1

k~vs!

3ei @j"r02ji "r0
0
#e2 i @V1ji "~v02vs!1j"~vs2v!#t

3F~z,z0 ;j,j i ;vs ,v i !, ~32!

which is an expression for the field scattered by a moving
target with arbitrary shape, where

F~z,z0 ;j,j i ;vs ,v i !

5$A~z0 ;v i !C~z;vs!S~p2a~vs!,b;a i~v i !,b i ;vs!

1A~z0 ;v i !D~z;vs!S~a~vs!,b;a i~v i !,b i ;vs!

1B~z0 ;v i !C~z;vs!S~p2a~vs!,b;p2a i~v i !,b i ;vs!

1B~z0 ;v i !D~z;vs!S~a~vs!,b;p2a i~v i !,b i ;vs!%.

~33!

The formulation is fully bistatic and incorporates horizontal
velocities of the source, target, and receiver. The source is
assumed to be a simple-harmonic one radiating at frequency
V, but the received time series will contain multiple fre-
quency components due to Doppler effects. The Doppler fre-
quency shifts are indicated in the argument of the complex
exponential function of Eq.~32!.

When the source, target, and receiver are at rest, all in-
cident frequenciesv i and scattered frequenciesvs are equal
to the source frequencyV. In this case Eq.~32! reduces to
Eq. ~18! of Ref. 7 multiplied by exp(2iVt) where reciprocity
for harmonic waves

d0G~rsur0;v!5dsG~r0urs;v! ~34!

was invoked for the incident field and the medium densities
d0 andds in the layers of the source and target depth were
assumed identical.

In Eq. ~33!, all coefficients~A’s andB’s! of the incident
field are evaluated at the incident frequencyv i , and all the
coefficients of the scattered field~C’s andD ’s! are evaluated
at the scattered frequencyvs . The wave number normaliza-
tion k21 and the plane-wave scatter functionSare evaluated
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at the scattered frequencyvs as well. The equivalent eleva-
tion anglesa i of the incident plane waves are evaluated at
the incident frequencyv i , and the equivalent elevation
anglesa of the scattered plane waves are evaluated at the
scattered frequencyvs .

B. Spectral representation of the Doppler-shifted field
scattered from a moving target by a source with
arbitrary time dependence in a stratified waveguide

The Doppler-shifted scattered field induced by a source
with arbitrary time dependenceq(t) and frequency spectrum
Q(V) can be obtained in the receiver’s frame of reference
from Eq. ~32! by Fourier synthesis as

Cs~r ,t !5
1

2p2 E
2`

`

dVQ~V!E
2`

` E
2`

`

d2jd2ji

1

k~vs!

3ei @j"r02ji "r0
0
#e2 i @V1ji "~v02vs!1j"~vs2v!#t

3F~z,z0 ;j,j i ;vs ,v i !. ~35!

A direct implementation of Eq.~35!, however, will be
inefficient because the four-dimensional wave number inte-
grals are coupled with time in the argument of the complex
exponential function and so need to be evaluated at each
individual time instant. Similar difficulties for the passive
problem of modeling propagation from a moving source to a
moving receiver are discussed in Ref. 4 by Schmidt and Ku-
perman. They note that by transforming the Doppler-shifted
field from the ‘‘source frequency’’ to a representation in
terms of the ‘‘receiver frequency,’’ the wave number and
frequency integrations can be integrated independently.4

The frequency spectrum of the scattered field in the re-
ceiver’s frame of reference is obtained by applying a Fourier
transform to Eq.~35!,

Cs~r ,v8!5E
2`

`

dteiv8tCs~r ,t ! ~36!

wherev8 is the frequency in the receiver’s frame of refer-
ence. Integrating overt introduces the delta functiond(v8
2V2ji "(v02vs)2j"(vs2v)) in the integrand. Upon inte-
grating over V, the frequency spectrum of the Doppler-
shifted scattered field in the receiver’s frame of reference
then becomes

Cs~r ,v8!5
1

p E
2`

` E
2`

`

d2jd2ji

1

k~vs!
ei @j"r02ji "r0

0
#

3Q~v82ji "~v02vs!2j"~vs2v!!

3F~z,z0 ;j,j i ;vs ,v i !, ~37!

where the shifted frequenciesv i andvs in terms ofv8 are
equal to

v i5v81j"~v2vs!1ji "vs ~38!

and

vs5v81j"v. ~39!

Equation ~37! can be implemented efficiently and directly
without the need for time domain processing.

C. Normal mode representation of the Doppler-shifted
field scattered from a moving target by a
simple-harmonic source in a stratified waveguide

At sufficiently long source and receiver ranges from the
target, the scattered field can be well represented as a sum of
normal modes. The modal representation for the scattered
field with a simple-harmonic source is derived in this sec-
tion.

Green’s function for the time-domain wave equation in a
waveguide can be written as an inverse Fourier transform of
the modal form of Green’s function for the Helmholtz equa-
tion,

G~r ,turs ,ts!5
1

2p E
2`

`

dv G~r urs;v!e2 iv~ t2ts!

5
1

2p E
2`

`

dv e2 iv~ t2ts!

3
id

4 (
m

um~z;v!um~zs ;v!

3H0
~1!~jm~v!ur2rsu!, ~40!

whereum(z;v) and jm(v) are the amplitude function and
horizontal wave number of themth mode at frequencyv. We
assumejm(v)ur2rsu@1, and the asymptotic form of the
zeroth-order Hankel function of the first kind is used

H0
~1!~jm~v!ur2rsu!

'A 2

pjm~v!ur2rsu
ei ~jm~v!ur2rsu2p/4!. ~41!

For a moving target, the horizontal position vectorrs is

rs5rs
01vsts

5~rs
0 cosfs

0 ix1rs
0 sinfs

0 iy!

1~vsts coswsix1vsts sinwsiy!, ~42!

wherers
0 is its initial position atts50 andvs is its horizon-

tal velocity. Similarly, the horizontal position vector of the
receiverr is

r5r01vt

5~r0 cosf0ix1r0 sinf0iy!1~vt cosw ix1vt sinw iy!,

~43!

wherer0 is its initial position atts50 andv is its horizontal
velocity.

For the bistatic configuration used in the scattering prob-
lem, the horizontal range to a point on the target is much
smaller than the range to the receiver so thatursu!uru. For
low Mach number motions of the target as in typical sonar
scenarios, the displacementsuvstsu of a target point anduvtu
of the receiver are also much smaller thanuru so that the
azimuthal angle of the vectorr01vt2rs

0 is approximately
equal to the azimuthal anglef0 of the vectorr0 even for a
time durationt so much larger than the source period that the
source can be considered harmonic. An approximation for
ur2rsu can then be made that
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ur2rsu5ur01vt2rs
02vstsu

'ur01vt2rs
0 u2vsts cos~f02ws!. ~44a!

Similarly, the azimuthal angle of the vectorr02rs
0 is ap-

proximated asf0 becauseursu!uru. This leads to

ur2rsu'ur02rs
0 u1vt cos~f02w!2vsts cos~f02ws!.

~44b!

Then sinceurs
0 u!ur0u we have

ur2rsu'r02rs
0 cos~f02fs

0 !1vt cos~f02w!

2vsts cos~f02ws!. ~44c!

Green’s function for the time-domain scalar wave equa-
tion from a point on the surface of the targetrs at retarded
time ts to the receiver locationr at time t then can be ap-
proximated as

G~r ,turs ,ts!5
1

2p E
2`

`

dv e2 iv~ t2ts!

3
id

A8p
e2 i ~p/4!(

m

um~z;v!um~zs ;v!

Ajm~v!r0

3ei jm~v!@r02rs
0 cos~f02fs

0
!#

3ei jm~v!v cos~f02w!te2 i jm~v!vs cos~f02ws!ts.

~45!

As in Eqs.~41! and ~42! of Ref. 6, the Green function

and the incident field are now expressed as a linear superpo-
sition of equivalent plane waves in the layer of the target via
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~46!

and
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2ws!!ts, ~47!

where Eq.~47! is derived in from Eq.~B11!, andv l is the
Doppler-shifted frequency of thel th mode as defined in Eq.
~B10!. Substituting Eqs.~46! and~47! into Eq. ~12! leads to

Fs~r ,t !52
1

2p E
0

t1

dts R dSs•H F(
l

1

11 @v0/v l
G~V!# cos~f0

02w0!
@Al~r0

0;v l !e
ik~v l !r s

0h~a l ,p2f0
0;us

0 ,fs
0

!

2Bl~r0
0;v l !e

ik~v l !r s
0h~p2a l ,p2f0

0;us
0 ,fs

0
!#e2 i ~v l1j l ~v l !vs cos~f0

0
2ws!!ts1Fs~rs ,ts!G

3¹sS E
2`

`

dv e2 iv~ t2ts!(
m

@Am~r0;v!e2 ik~v!r s
0h~p2am ,f0;us

0 ,fs
0

!
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0 ,fs
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!#ei jm~v!v cos~f02w!te2 i jm~v!vs cos~f02ws!tsD J . ~48!

For low Mach number motion, the scattered field on the
surface of the object in Eq.~48! is approximately

F̂s(rs ,ts)'F̂s(rs;v l)e
2 iv l ts for a given incident plane

wave. We define the wave number vectors for the downgoing
and upgoing waves for thel th mode as

k l
15j l îr1g l îz , ~49!

k l
25j l îr2g l îz . ~50!

The scattered field on the surface of the target given in Eq.
~48! can then be represented in terms of downgoing and up-
going plane incident waves with unit amplitudes

F̂s(rs ,k l
1 ;v l) andF̂s(rs ,k l

2 ;v l), respectively, via
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1 ;v l !2Bl~r0
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Just as in the derivation for the spectral representation, in Sec. II A, approximations are made forF̂s(rs ,k l
1 ;v l) and

F̂s(rs ,k l
2 ;v l) that account for rigid body translation. Equation~51! then becomes
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When this is inserted into Eq.~48! the scattered field takes the form
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3ei jm~v!v cos~f02w!te2 i jm~v!vs cos~f02ws!tsD J . ~53!

For sufficiently long time durationt, integration overts in-
troduces the delta functiond(v2v l2j l(v l)vs cos(f0

02ws)
2jm(v)vs cos(f02ws)) to the integrand.

In order to integrate overv, we need to solve the tran-
scendental equation for the argumenth(v) of thed function

h~v!5v2v l2j l~v l !vs cos~f0
02ws!

2jm~v!vs cos~f02ws!50. ~54!

Equation~54! can be solved numerically. However, an
approximation that can be evaluated analytically is desired.
The derivative ofh(v) with respect tov is

dh~v!

dv
512

djm~v!

dv
vs cos~f02ws!

512
vs

vm
G~v!

cos~f02ws!, ~55!

wherevm
G(v) is the group velocity of themth mode at fre-

quenceyv. For low Mach number motions, Eq.~55! is close
to unity, so thath(v) is nearly linear around the roots of Eq.
~54!. Using the Newton–Raphson method with the frequency
v l as an initial guess, the first iteration yields a reasonably
accurate solution of Eq.~54! as

vm,l5v l2
h~v l !

h8~v l !
5v l1

j l~v l !vs cos~f0
02ws!1jm~v l !vs cos~f02ws!

12
vs

vm
G~v l !

cos~f02ws!

, ~56!

wherevm
G(v l) is the group velocity of themth mode at frequencyv l . Herevm,l is the doubly Doppler-shifted frequency with

respect to thel th incident mode and themth outgoing mode. Using the property of thed function for any functionsf, h @Eq.
~9.6! in Ref. 2# it must hold that
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, ~57!

wherev* is a zero ofh, i.e., h(v* )50. Integrating overv gives
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With the aid of Eq.~C19!, the scattered field can finally be written in terms of the scattering function of the target as
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When there is no motion of the source, target, or re-
ceiver, all the incident and scattered frequencies are evalu-
ated at the source frequencyV, and Eq.~59! leads to the
special case Eq.~51! of Ref. 6 multiplied by exp(2 iVt).

If the number of modes that truncates the modal sum-
mation excited at the source frequencyV is N, this same
number can be used to truncate the incident and outgoing
modal summations for low Mach number motions. The total
number of discrete frequency components will then be
roughly N2 due to the coupling between incident and scat-
tered modes at the target.

D. Normal mode representation of the Doppler-shifted
field scattered from a moving target by a source
with arbitrary time dependence in a stratified
waveguide

For a source with arbitrary time dependenceq(t) and
frequency spectrumQ(V), the normal mode representation
of the Doppler-shifted scattered field can be formulated by
Fourier synthesis as

Cs~r ,t !5
1

2pE2`

`

dV Q~V!Fs~r ,t !, ~60!

whereFs(r ,t) is given in Eq.~59!.

Equation ~60!, however, is computationally inefficient
because the modal summation needs to be evaluated at every
time instant. Just as in the spectral representation of the scat-
tered field from a source with arbitrary time dependence,
transformation to the frequency spectrum in the receiver’s
frame of reference can speed up the computation signifi-
cantly.

Applying a Fourier transform to Eq.~60! is not de-
sired because both shifted frequenciesv l and vm,l of the
incident and scattered field are approximations obtained
by the Newton–Raphson method in terms of the source
frequency V. A derivation for the shifted frequencies in
terms of the receiving frequencyv8 based on those ap-
proximated values will give inaccurate and complicated
results. Therefore, the frequency spectrum in the receiver’s
frame of reference needs to be derived from intermediate
expressions for the incident field and scattered field before
the approximations by the Newton–Raphson method are
made. The derivation is lengthy and is given in Appendix D.
With the aid of Eq.~C19!, the scattered field of Eq.~D14!
is expressed in terms of the scattering function of the target
as
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where the frequency of the source spectrum is

V lm5v l ,m8 1j l~v l ,m8 !v0 cos~f0
02w0!. ~62!

Equation ~61! can be implemented efficiently and di-
rectly without the need for time domain processing.

III. ILLUSTRATIVE EXAMPLES

Equation~61! is implemented with a modified version of
the normal mode codeKRAKENC.13 The formulation is fully
bistatic and incorporates the motion of source, target, and
receiver. For simplicity, only monostatic configurations are
illustrated. These have the strongest Doppler frequency shifts
when only the target is in motion and the source and receiver
are at rest.

The source function to be used in all examples is a
Gaussian modulated wave form

q~ t !5
1

A2ps
e2~ t2to!2/2s2

e2 i2p f c~ t2to! ~63!

with carrier frequencyf c5200 Hz, t051s ands50.1 s. Its
frequency spectrum is

Q~ f !5e2~1/2!s2@2p~ f 2 f c!#2
ei2p f t0. ~64!

The amplitude and phase of the time series of the source
demodulated by the carrier frequencyf c5200 Hz is shown
in Figs. 2~a! and 2~b!. The frequency spectrum of the source
is shown in Fig. 2~c!.

FIG. 2. Plot~a! and ~b! show the amplitude and phase of the source func-
tion, demodulated by the 200 Hz carrier frequency, versus time. Plot~c!
shows the magnitude of the frequency spectrum of the source.

FIG. 3. The magnitude of the free space plane-wave scattering function
S(u590°,b5f;a i590°,b i50°) for ~a! a pressure-release sphere with
ka512 at 200 Hz and~b! a pressure-release circular disk withka512 at
200 Hz. The incident wave is parallel to the disk’s surface normal, i.e., at
broadside to the disk.
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All time series illustrations in this paper follow the same
convention used in Figs. 2~a! and 2~b!. They show the mag-
nitude and phase of the signals demodulated by the carrier
frequency at 200 Hz. The phase is only shown at times when
the signal amplitude is not negligibly small. All horizontal
axes of time series plots in this section are labeled with ‘‘re-
duced time,’’ which is the actual time minus the round-trip
horizontal range divided by the sound speed.

Two types of targets are used as to illustrate scattering
characteristics, including a pressure-release sphere and a per-
fectly reflecting circular disk which both haveka512 at 200

Hz, wherea is the radius of the sphere and disk. The free
space plane wave scattering function of the sphere is given in
Eq. ~A2! of Ref. 7. The scatter function of the disk is given
in Ref. 14. Figures 3~a! and ~b! show the magnitude of the
scatter functions versus scattering angle for the sphere and
the disk, respectively. The incident wave is parallel to the
disk’s surface normal, i.e., at broadside to the disk.

Before illustrating the problem in a waveguide, ex-
amples of object scattering in free space are shown for com-
parison. The measurement geometry is the same as that
shown in Fig. 4 but without the waveguide boundaries.

A monostatic sonar with collocated point source and re-
ceiver senses a pressure-release sphere withka512 at f c

5200 Hz. The sonar and target are in water with a sound
speed of 1500 m/s, and they are initially separated by 2000
m in the horizontal and 30 m in the vertical. Equation~C18!
is used to perform the simulations. The dashed curves in
Figs. 5~a! and 5~b! show the amplitude and phase of the
demodulated time series of the scattered signals from a sta-
tionary target. The dashed curve in Fig. 5~d! shows its fre-
quency spectrum. Since free space is nondispersive, and the
scatter function is nearly constant over the frequency band of
the source, the received wave form appears effectively as a

FIG. 4. Measurement geometry for object scattering in a Pekeris waveguide.
The source and receiver are collocated at a depth of 20 m, and the centroid
of the target is at a depth of 50 m.

FIG. 5. The scattered field and its scaled phase rate for the Gaussian modu-
lated source in free space. The object is a pressure-release sphere of
ka5 12 at 200 Hz. The dashed curves are for a stationary target. The solid
curves are for a target moving toward the source at 10 m/s. Plots~a! and~b!
show the amplitude and phase of the time series demodulated by the 200 Hz
carrier frequency. Plot~c! shows the scaled phase rate of the demodulated
time series from Eq.~65!. Plot ~d! shows the frequency spectra.

FIG. 6. The scattered field and its scaled phase rate for the Gaussian modu-
lated source. The bottom type is silt. Source and receiver are colocated at
20-m depth with 50-m target depth. The horizontal range of the target is
2000 m from the source. The object is a pressure-release sphere ofka512 at
200 Hz. The dashed curves are for a stationary target. The solid curves are
for a target moving toward the source at 10 m/s. Plots~a! and~b! show the
amplitude and phase of the time series demodulated by the 200 Hz carrier
frequency. Plot~c! shows the scaled phase rate of the demodulated time
series Eq.~65!. Plot ~d! shows the frequency spectra.
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scaled and time-shifted version of the transmitted signal,
with negligible spectral distortion. The time series after de-
modulation and the spectrum of the field scattered from a
sphere moving at 10 m/s toward the source are shown as the
solid curves in Figs. 5~a!, 5~b! and 5~d!. It can be seen that
the free space Doppler-shifted spectrum can be very closely
approximated by a translated version of the stationary spec-
trum since negligible distortion is introduced by the Doppler
shift, dynamical factors described in Appendix C, and scatter
function over the frequency band of the source. The phase
angle versus time in Fig. 5~b! shows that the phase is nearly
a constant versus time for a stationary object. For the moving
target, the phase angle is decreasing with respect to time at a
constant rate, which represents a single frequency shift in-
duced by the target motion.

The frequency shift is linearly porportional to the radial
component of target velocity in free space when the scatter-
ing funcion of the target does not vary significantly versus
frequency within the band of the source. Active sonar and
radar systems in free space typically take the scaled phase
rate

m~ t !52
c

4p f c

dU~ t !

dt
~65!

as an estimate of the target’s radial velocity whereU(t) is
the phase angle of the sonar return after demodulation by the
carrier frequency. The dashed curve and the solid curve in
Fig. 5~c! show that the scaled phase ratem(t) matches the

true value of the radial velocity of the targets, 0 m/s and 10
m/s for the examples shown.

In all illustrative examples of this section, a water col-
umn of 100 m depth is used to simulate a typical continental
shelf environment. The density of the water is 1000 kg/m3,
the sound speed is 1500 m/s, and the attenuation is 6.0
31025 dB/l. The simulations are performed over different
seabed types to illustrate the dependence of the Doppler ef-
fects on bottom properties. All seabeds are modeled as half-
spaces. The source and the receiver are collocated at a depth
of 20 m without motion, and the centroid of the target is at a
depth of 50 m.

First, we show how different bottom types affect the
Doppler shifts. Sand, silt, and limestone are used as the ho-
mogeneous material of the bottom half-space. The density,
sound speed, and attenuation are taken to be 1900 kg/m3,
1700 m/s, and 0.8 dB/l for sand, 1400 kg/m3, 1520 m/s, and
0.3 dB/l for silt. The density, compressional speed and shear
speed of limestone are 2200 kg/m3, 2500 m/s, and 800 m/s,
respectively. The attenuation coefficients are 0.1 and 0.2
dB/l for compression and shear, respectively.

A silt bottom is used for the simulations in Fig. 6. A
pressure-release sphere withka512 at 200 Hz is used as the
target. The dashed curves in Figs. 6~a! and 6~b! show the
amplitude and phase of the demodulated time series of the
scattered signals from a stationary target, and the dashed
curve in Fig. 6~d! shows its frequency spectrum. Both the
amplitude of the time series and frequency spectrum appear
to be Gaussian, which indicates that the dispersion due to
multipath effects in the waveguide is weak for this type of

FIG. 7. Same as Fig. 6 except bottom type is sand. FIG. 8. Same as Fig. 6 except bottom type is limestone.
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bottom. The scattered field is dominated by the lowest order
mode. The solid curves in Figs. 6~a! and 6~b! show the re-
ceived time series scattered by a sphere moving toward the
source at 10 m/s, and the solid curve in Fig. 6~d! shows its
frequency spectrum. The shape of the time series still looks
Gaussian, and the arrival time is slightly earlier than the
stationary case due to the shortening of the horizontal dis-
tance. The frequency shifts due to Doppler effects can be
observed in the solid curve in Fig. 6~d!. The spectrum also
looks Gaussian but is shifted with the frequency shift of the
first mode, which is close to the frequency shift of the scat-
tered field in free space. Similar to the examples for free
space, the phase versus time shown in Fig. 6~b! is nearly a
constant for the stationary target, and the phase is changing
at nearly a constant rate for the moving target. Applying Eq.
~65!, the scaled phase ratem(t) is calculated for both the
stationary and the moving targets and is plotted as the dashed
and the solid curves in Fig. 6~c!, respectively. Because the
sonar return is not significantly distorted by the multimodal
dispersion and Doppler effects, the scaled phase rate is close
to the target’s true radial velocity for both the stationary and
the moving target. This indicates that the scaled phase rate
m(t) in Eq. ~65! can be used to estimate the radial velocity of
targets for this particular scenario of a weakly dispersive
waveguide.

Figure 7 shows demodulated time series and frequency
spectra for a sand bottom. The same spherical scatterer is
used as in Fig. 6. The dashed curves in Fig. 7~a! and 7~b!
show the amplitude and phase of the demodulated time series

when the sphere is stationary. We see that the time series has
not only the arrival from the first mode but also the late
arrivals from the higher order modes with slower group ve-
locities. This indicates that the dispersion is much stronger
for a sand bottom than a silt bottom. The received signals
from a moving sphere@solid curves in Fig. 7~a!# show that
not only the first arrival is earlier than in the stationary case
but the contributions of the higher order modes are also dif-
ferent. From Fig. 7~d!, we can see that the spectrum of the
stationary case~dashed curve! is distorted due to multimodal
effects. The shifted spectrum~solid curve! is also distorted
and is not simply a translated version of the stationary spec-
trum ~dashed curve!. This is because the lower order modes
have larger frequency shifts than the higher order modes so
that energy is nonuniformly shifted across frequency. The
phase of the demodulated time series in Fig. 7~b! shows that
the phase angle versus time for the stationary target~dashed
curve! varies slowly but is no longer nearly a constant like in
free space and for a silt bottom. This is because of the higher
order modes introduce different phase changes. The phase
change versus time~solid curve! is not changing at a con-
stant rate as in free space or for a silt bottom. The higher
order modes introduce multiple Doppler shifts and alter the
rate of phase change. Figure 7~c! shows the scaled phase rate
m(t) of the demodulated time series calculated by Eq.~65!.
The dashed curve is for the stationary target and the solid
curve is for the moving target. The strong late arrivals in the
received field shown in Fig. 7~a! introduce significant distor-
tion of the phase angle in Fig. 7~b! and make the scaled

FIG. 9. Same as Fig. 6 except the bottom type is sand and target velocity is
changed. The target is moving toward the source at 5 m/s.

FIG. 10. Same as Fig. 6 except the bottom type is sand and target moves
away from source at 10 m/s.
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phase rates in Fig. 7~c! inconsistent with the target’s true
radial velocities. Even if the target is not moving at all, a
rapid change occurs in the scaled phase rate when a strong
late arrival corresponding to a higher order mode with slower
group velocity arrives. The difference between the scaled
phase ratem(t) and the target’s true radial velocity can be
greater than 10 m/s when a strong late arrival is received.
This example shows that when the sonar return is signifi-
cantly distorted by multimodal effects, the scaled phase rate
m(t) in Eq. ~65! cannot be used to reliably estimate the tar-
get’s radial component velocity.

Limestone bottoms typically have relatively low attenu-
ation, support many higher order modes and so lead to highly
dispersive shallow water propagation. As shown in the re-
ceived field scattered by a stationary sphere~dashed curves!
and by a sphere moving at 10 m/s toward the source~solid
curves! in Fig. 8~a!, several late arrivals are present with long
time delays induced by the higher order modes. The highly
distorted spectra for a stationary sphere and a sphere moving
toward the source at 10 m/s are shown in Fig. 8~d!. Again,
the Doppler-shifted frequency spectrum~solid curve! is not
simply a translated version of the stationary spectrum
~dashed curve!. Figure 8~b! shows that the phase changes
significantly versus time due to the multimodal effects even
if the target is not moving. While the target is moving, the
phase change is complicated due to the multiple Doppler
shifts. The scaled phase ratem(t) of the demodulated time
series in Eq.~65! for both the stationary and moving target
are shown as the dashed curve and the solid curve in Fig.

8~c!. As in the waveguide with a sand bottom, rapid changes
of scaled phase rate occur making it differ by more than 10
m/s from the true value of the target’s radial velocity. All
these results indicate that the Doppler shifts in the scattered
field are highly dependent on the ocean environment.

Since Doppler effects are a function of target velocity,
target velocity may be estimated by measurements of Dop-
pler shifted fields given a known source function and wave-
guide environment. The sensitivity of the Doppler shifted
field to variations in target velocity then becomes an impor-
tant factor. To investigate this issue, consider again the case
of a sand bottom with a spherical target as in Fig. 7, but now
with the target moving toward the source at 5 m/s rather than
10 m/s. Figure 9 shows the time series and spectrum of the
resulting scattered field, where the solid curve in Fig. 9~d! is
the Doppler shifted spectrum. As expected, the dispersive
effect in the time series and the frequency shift in the spec-
trum is smaller for reduced target speed. The phase of the
demodulated time series for the target moving at 5 m/s also
changes slower than when the target is moving at 10 m/s as
shown in Fig. 9~b!. These effects are significant since the
reduction in time spread of the higher order modes is on the
order of tenths of a second and the frequency spectrum is
significantly altered over the entire bandwidth of the signal.
When the target is moving away from the source, the Dop-
pler frequency shifts are negative. To illustrate this, Fig. 10
shows the time series and spectra for the scattered field from
a sphere moving away from the source at 10 m/s, where the
bottom type is sand as in Fig. 7. The first arrival for the

FIG. 11. Same as Fig. 6 except the bottom type is sand and the target is at
3000 m horizontal range from source/receiver.

FIG. 12. Same as Fig. 6 except the bottom type is sand and the target is a
perfectly reflective disk withka512 at 200 Hz.
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moving target in Fig. 10~a! arrives slightly later than in the
stationary case because the target is moving away from the
source. The negative frequency shift is significant, and on the
order of the signal bandwidth, as is evident in the spectrum
in Fig. 10~d!. The negative frequency shift is also shown as
the positive rate of phase change of the solid curve in Fig.
10~b!. On the other hand, the rate of phase change is negative
for a target moving toward the source and receiver.

The next example illustrates Doppler effects at greater
target ranges. Using sand as the bottom type and the sphere
at 3000 m initial range from the source, the time series
@dashed curves in Fig. 11~a!# is dispersed less than the
dashed curves in Fig. 7~a! where the horizontal range is 2000
m. The scattered field from a target moving toward the
source at 10 m/s@solid curves in Fig. 11~a!# is also dispersed
less than those in Fig. 7~a!. This indicates that Doppler ef-
fects are highly dependent on the measured geometry.

A perfectly reflecting circular disk facing the source
with the same radius as the sphere ofka512 at 200 Hz is
used to illustrate variations in the scattered field for flat ver-
sus rounded targets. A sand bottom as used in Fig. 7 is also
used in Fig. 12. Figures 12~a!, 12~b!, and 12~d! show the
scattered field from a stationary disk and a disk moving to-
ward the source at 10 m/s. With the same measurement ge-
ometry and 2000 m as the initial horizontal distance, the time
series in Fig. 12~a! appear to be dispersed far less than the
time series in Fig. 7~a!. The unshifted and shifted frequency
spectra of Fig. 12~d! also exhibit this phenomenon. The same
measurement geometry and scatterer is used in Fig. 13 but
with a limestone bottom. Figures 13~a! and 13~b! show the

scattered field from a stationary disk and a disk moving to-
ward the source at 10 m/s. These time series are also much
less dispersive than the scattered field from a spherical scat-
terer. The unshifted and shifted frequency spectra in Fig.
13~d! are both less distorted than the spectra with a spherical
scatterer in Fig. 8~d!. This is because scattering from the disk
is much stronger in the specular direction than the other di-
rections. Figure 3~b! shows the magnitude of the free-space
plane-wave scattering function of the circular disk. Compar-
ing Figs. 3~a! and~b!, we can see that the scattering function
of the sphere does not vary too much near the specular re-
flection direction. This leads to relatively uniform coupling
between different modes of the incident and scattered field.
On the other hand, the disk is highly directional near the
specular reflection direction and gives strongest coupling be-
tween a given mode of the incident field and the same mode
of the scattered field, i.e., diagonal terms of a coupling ma-
trix. Since higher order modes attenuate more than lower
order modes and the coupling term between a lower order
mode and a higher order mode is weaker, the received signal
is dominated by the lower order modes of both the incident
and scattered field from the disk. Time-frequency spreading
is also significantly weaker than for a spherical scatterer.

It is not always true that the scattered field is stronger
when the target is moving toward the source than at rest in a
waveguide. For a moving source in free space, the sound
field in the forward direction is always more intense than that
in the back direction because of the factor@12M cosu#21 in
pressure, which accounts for free-space dynamics, whereM
is the Mach number andu is the angle between the direction
of motion and the direction of the field point.2 In a wave-
guide, although there are similar dynamical factors

F11
v0

v l
G~V!

cos~f0
02w0!G21

,

F12
vs

vm
G~vm,l !

cos~f02ws!G21

in the modal expression of Eq.~59!, they are so close to
unity for low Mach number motions of the source and target,
respectively, and are not the dominant factors for the changes
of signal amplitudes. In a waveguide the field magnitude can
fluctuate rapidly as a function of position, frequency, and
waveguide environment due to modal interference. The ob-
served fluctuations in field magnitude of the various ex-
amples given are dominated by such changes in modal inter-
ference as a function of frequency due to Doppler shifting.
For example, Fig. 6~d! shows that with a silt bottom and a
target moving toward the source, the scattered field is actu-
ally weaker than the scattered field from a stationary target
because the modal interference with Doppler shifting is more
destructive than without.

IV. CONCLUSION

Analytical expressions for the three-dimensional field
scattered by a moving target from a moving source to a mov-
ing receiver in a general horizontally stratified ocean wave-
guide are derived from first principles using the time-domain

FIG. 13. Same as Fig. 12 except the bottom type is limestone.
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formulation of Green’s theorem. Spectral and modal repre-
sentations of the Doppler-shifted scattered field for a simple
harmonic source and a source with arbitrary time dependence
are obtained. The expressions are valid when the source and
receiver are sufficiently far from the target that multiple scat-
tering between the target and waveguide boundaries can be
neglected and the scattered field can be expressed as a linear
function of the target’s plane wave scattering function. The
source, target, and receiver are assumed to move horizontally
with low Mach numbers, as is typical in many active sonar
scenarios.

The modal representation has a compelling physical in-
terpretation exhibited by the fact that a simple harmonic
source that excitesN modes in the waveguide, for example,
will excite roughlyN2 distinct harmonic components in the
scattered field due to coupling between the incident modes
and the scattered modes. The spectral representation, how-
ever, is more general and can be used at closer ranges to the
target.

Simulations show that Doppler shifts induced in the
scattered field by target motion are highly dependent on the
waveguide environment, target shape, and measurement ge-
ometry. For a highly dispersive waveguide that supports
many trapped modes, the frequency spectrum of the field
scattered by a moving target typically exhibits significant
distortion compared to that of a stationary target or the same
target moving in free space. Rounded scatterers with rela-
tively omnidirectional scattering functions, such as spherical
scatterers, have greater coupling between incident modes and
scattered modes than flat objects that scatter strongest in the
specular direction. The scattered field from an object in a
multimodal waveguide tends to suffer greater dispersion as
the target becomes more rounded and the scattering becomes
more omnidirectional.

It is noteworthy that when the target, source, or receiver
are moving, the scattered field no longer obeys reciprocity, as
is evident in our present formulation. The concept of a time-
reversal mirror9–11 therefore is not directly applicable under
motion of the target, source, or receiver. This is true in both
free space and in a stratified medium.

A new derivation for the Doppler shifted field radiated to
a moving receiver from a moving source in a stratified me-
dium that proved advantageous in the present work is also
presented. The new modal formulation is more accurate than
previous formulations, since for example, it accounts for
variation in mode shape due to Doppler shift.

APPENDIX A: SPECTRAL REPRESENTATION
OF THE DOPPLER-SHIFTED FIELD RADIATED
BY A MOVING SOURCE TO A MOVING RECEIVER
IN A STRATIFIED WAVEGUIDE

A spectral representation for the wave field induced by a
moving source and measured at a moving receiver has been
presented in Ref. 4. An alternative derivation utilizing Eq.
~5! is presented here to represent incident fields in the scat-
tering problem. The result is consistent with prior research
but is better suited to the problem at hand.

The location of a moving source is denoted by

r05r0
01v0t0 , ~A1!

wherer0
0 is the initial location of the source att050 andv0

is its horizontal velocity. For simple-harmonic radiation at
frequencyV, the source functionq(r s,t0) is

q~r s,t0!5e2 iVt0d~r s2r0
02v0t0!. ~A2!

The location of a moving receiver is denoted by

r5r01vt, ~A3!

wherer0 is the initial location of the receiver att50 andv is
its horizontal velocity. After changing the variables of inte-
gration in Eq.~5! from r0 to r s andV0 to Vs, and applying
Eq. ~A2!, Eq. ~5! becomes

F i~r ,t !5E
0

t1

dt0G~~r01vt !,tu~r0
01v0t0!,t0!e2 iVt0.

~A4!

Green’s function for the time-domain scalar wave equation
of the waveguide can be obtained by applying an inverse
Fourier transform to Green’s function for the Helmholtz
equation at frequencyv,

G~r ,tur0 ,t0!5
1

2p E
2`

`

G~r ur0;v!e2 iv~ t2t0!dv, ~A5!

where the spectral representation of Green’s function for the
Helmholtz equation of a stratified waveguide is given by

G~r ur0;v!5
1

2p E
2`

`

d2jig~z,z0 ;v!ei ji "~r2r0!. ~A6!

The depth dependent Green functiong(z,z0 ;v) in Eq. ~A6!
is defined as

g~z,z0 ;v!5
1

2p E
2`

`

d2r8G~r ur0;v!e2 i ji "r8, ~A7!

wherer85r2r0 . With this Eq.~A5! can be expressed as

G~r ,tur0 ,t0!5
1

2p E
2`

`

dv e2 iv~ t2t0!

3
1

2p E
2`

`

d2jig~z,z0 ;v!ei ji "~r2r0!. ~A8!

After inserting Eq.~A8! into Eq. ~A4!, the incident field
becomes

F i~r ,t !5
1

2p E
0

t1

dt0
1

2p E
2`

`

dve2 ivtei ~v2V!t0

3E
2`

`

d2jig~z,z0 ;v!ei ji "~r01vt2r0
0
2v0t0!. ~A9!

For sufficiently long durationt, integration overt0 leads to
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F i~r ,t !5
1

2p E
2`

`

dve2 ivtE
2`

`

d2jid~v2V2ji "v0!

3g~z,z0 ;v!ei ji "~r01vt2r0
0
!

5
1

2p E
2`

`

d2jig~z,z0 ;V1ji "v0!

3ei ji "@r02r0
0
#e2 i ~V1ji "~v02v!!t, ~A10!

which is consistent with Eq.~14! of Ref. 4.

APPENDIX B: NORMAL MODE REPRESENTATION
OF THE DOPPLER-SHIFTED FIELD RADIATED
BY A MOVING SOURCE TO A MOVING RECEIVER
IN A STRATIFIED WAVEGUIDE

The incident field from a moving source at a moving
receiver is derived with an alternative modal method and
compared with prior results of Ref. 3.

Green’s function for the Helmholtz equation of the
waveguide can be expressed in terms of normal modes by

G~rsur0;v!5
id

4 (
l

ul~zs ;v!ul~z0;v!H0
~1!~j l~v!urs2r0u!

'
id

A8p
e2 i ~p/4!(

l

ul~zs ;v!ul~z0 ;v!

Aj l~v!urs2r0u

3ei j l ~v!ur02rsu. ~B1!

We take the receiverrs to be a point on the target for con-
sistency with the derivation of the target scattering problem.
For a moving target, the horizontal position vectorrs of a
point on the target is

rs5rs
01vsts

5~rs
0 cosfs

0 ix1rs
0 sinfs

0 iy!

1~vsts coswsix1vsts sinwsiy!, ~B2!

wherers
0 is the initial horizontal position atts50 andvs is

the horizontal velocity of the target point. Similarly, the hori-
zontal position vector of the moving sourcer0 is

r05r0
01v0t0

5~r0
0 cosf0

0ix1r0
0 sinf0

0iy!

1~v0t0 cosw0ix1v0t0 sinw0iy!, ~B3!

wherer0 is the initial horizontal position att050 andv0 is
its horizontal velocity of the source.

We assume the horizontal ranger0 of the source is much
larger than the range to the target pointrs . In the present
formulation, the displacements due to motion are assumed to
be much smaller thanr0 . This is typically a good assump-
tion for low Mach number motions of the source and target
even after they have been operating after many periods of the
simple-harmonic source, i.e.,t0 , ts@2p/V. Therefore, the
azimuthal angles of the vectorsr0

01v0t02rs
0 andr0

02rs
0 are

approximately the same. An approximation can then be made

ur02rsu'r0
02rs

0 cos~f0
02fs

0 !1v0t0 cos~f0
02w0!

2vsts cos~f0
02ws!, ~B4!

as in Eq.~44c!. After substituting these expressions in Eq.
~A5!, Green’s function for the time domain wave equation of
the waveguide becomes

G~rs ,tsur0 ,t0!

5
1

2p
E

2`

`

dv e2 iv~ ts2t0!
id

A8p
e2 i ~p/4!

3(
l

ul~zs ;v!ul~z0 ;v!

Aj l~v!r0
0

3ei j l ~v!@r0
0
2rs

0 cos~f0
0
2fs

0
!#ei j l ~v!v0 cos~f0

0
2w0!t0

3e2 i j l ~v!vs cos~f0
0
2ws!ts. ~B5!

Similarly, the incident field in Eq.~A4! becomes

F i~rs ,ts!5
1

2p
E

0

ts
1

dt0E
2`

`

dv e2 ivtsei ~v2V!t0

3
id

A8p
e2 i ~p/4!(

l

ul~zs ;v!ul~z0 ;v!

Aj l~v!r0
0

3ei j l ~v!@r0
0
2rs

0 cos~f0
0
2fs

0
!#

3ei j l ~v!v0 cos~f0
0
2w0!t0

3e2 i j l ~v!vs cos~f0
0
2ws!ts. ~B6!

For sufficiently long time durationts , the integral overt0

can be approximated as

F i~rs ,ts!5E
2`

`

dv e2 ivts
id

A8p
e2 i ~p/4!

3(
l

d~v2V1j l~v!v0 cos~f0
02w0!!

3
ul~zs ;v!ul~z0 ;v!

Aj l~v!r0
0

3ei j l ~v!@r0
0
2rs

0 cos~f0
0
2fs

0
!#

3e2 i j l ~v!vs cos~f0
0
2ws!ts. ~B7!

In order to integrate overv, we need to find the value ofv
that makes the argument of thed function zero. It is a tran-
scendental equation inv that cannot be solved analytically

h~v!5v2V1j l~v!v0 cos~f0
02w0!50. ~B8!

Taking the derivative ofh(v) with respect tov yields

dh~v!

dv
511

dj l~v!

dv
v0 cos~f0

02w0!

511
v0

v l
G~v!

cos~f0
02w0!, ~B9!
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wherev l
G(v) is the group velocity of thel th mode at fre-

quencyv. For low Mach number motion of the source, the
term

v0

v l
G~v!

cos~f0
02w0!

is much smaller than unity. Therefore, the change of slope of
h(v) is small for a small change ofv and the Newton–
Raphson method with only a single iteration gives a reason-
ably accurate solution for Eq.~B8!. Using the source fre-
quencyV as the initial guess, the first iteration of Newton–
Raphson method yields

v l5V2
h~V!

h8~V!
5V2

j l~V!v0 cos~f0
02w0!

11
v0

v l
G~V!

cos~f0
02w0!

. ~B10!

The horizontal wave numberj l and the group velocityv l
G of

the l th mode are both easily evaluated at the source fre-
quencyV. With the property of thed function in Eq.~57!,
the incident field in Eq.~B7! becomes

F i~rs ,ts!5
id

A8p
e2 i ~p/4!(

l

1

11
v0

v l
G~V!

cos~f0
02w0!

3
ul~zs ;v l !ul~z0 ;v l !

Aj l~v l !r0
0

3ei j l ~v l !@r0
0
2rs

0 cos~f0
0
2fs

0
!#

3e2 i @v l1j l ~v l !vs cos~f0
0
2ws!#ts. ~B11!

This expression accounts for the changes in mode shape due
to Doppler shifts in frequency that were not considered in
Ref. 3. An additional amplification factor

F11
v0

v l
G~V!

cos~f0
02w0!G21

arises that is similar to the@12(v0 /c)cosu#21 factor for the
field induced by a moving source in free space as discussed
in Refs. 1 and 2 and shown in Eq.~C18!.

Our result is consistent with Eq.~35! of Ref. 3 to first
order. The major difference is that all terms in the formula-
tion of Ref. 3 are evaluated at the source frequencyV, but
several terms in our formulation are evaluated at the Doppler
shifted frequencies. For example, changes in mode shape due
to Doppler shifts in frequency are taken into account in our
formulation but not in that of Ref. 3. The additional accuracy
of the current formulation requires computation of normal
modes at shifted frequency components.

APPENDIX C: DERIVATION OF THE PLANE-WAVE
SCATTERING FUNCTION FOR A MOVING SCATTERER
IN FREE SPACE FROM GREEN’S THEOREM

The purpose here is to derive a surface-integral expres-
sion for the plane-wave scattering function of an object mov-
ing in free space at low Mach number.

The scattering of plane incident waves from a target
moving in free space can be formulated using Green’s theo-
rem for the time-domain scalar wave equation, described in
Eq. ~12!.

The location of a point on the surface of the target is
denoted by

rs5r c1rs
0, ~C1!

wherer c is the centroid of the object with elevation angleuc

and azimuthal anglefc . The surface pointrs relative tor c is
denoted by the relative position vectorrs

0 with elevation
angleus

0 and azimuthal anglefs
0 with respect to the object’s

centroid. Since the shape of the object does not change and
the motion is assumed to be irrotational,rs

0, us
0, andfs

0 are
all independent of time. By defining the cosine between di-
rections~a,b! and ~u,f! as

h~a,b;u,f!5cosa cosu1sina sinu cos~b2f! ~C2!

an incident plane wave with unit amplitude and frequencyv i

can be expressed as

F̂ i~rs ,ts!5ei @ki "rs2v i ts#

5ei @ki "~rc1rs
0

!2v i ts#

5eiki "rceiki r s
0h~a i ,b i ;us

0 ,fs
0

!e2 iv i ts, ~C3!

whereki5v i /c. Green’s function in free space can be rep-
resented by an inverse Fourier transform of Green’s function
for the Helmholtz equation via

G~r ,turs ,ts!5
1

2p E
2`

`

G~r urs;v!e2 iv~ t2ts!dv, ~C4!

where Green’s function for the Helmholtz equation is

G~r urs;v!5
1

4p

eikur2rsu

ur2rsu
5

1

4p

eikur2rc2rs
0 u

ur2r c2rs
0 u

with k5v/c. In the far field wherer @r c andr @r s
0, Green’s

function for the Helmholtz equation can be approximated as

G~r urs;v!'
1

4pr
eikre2 ikr ch~u,f;uc ,fc!

3e2 ikr s
0h~u,f;us

0 ,fs
0

!. ~C5!

Inserting Eq.~C5! into Eq. ~C4! yields

G~r ,turs ,ts!5
1

2p

1

4pr E2`

`

eikre2 ikr ch~u,f;uc ,fc!

3e2 ikr s
0h~u,f;us

0 ,fs
0

!e2 iv~ t2ts!dv. ~C6!

Substituting Eq.~C6! into Eq. ~12!, the scattered field be-
comes
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F̂s~r ,t !52
1

4p E
0

t1

dts
1

2p E
2`

`

dv
eikr

r
e2 iv~ t2ts!

3 R dSs"S[eiki "rceiki r s
0h(a i ,b i ;us

0 ,fs
0)

3e2 iv i ts1F̂s(rs , ts)]

3¹s[e2 ikr ch(u,f;uc ,fc)e2 ikr s
0h(u,f;us

0 ,fs
0)] D ,

~C7!

whereF̂s(rs , ts) is the scattered field on the surface of the
object induced by an incident plane wave with the wave
number vectork i and unit amplitude. For low Mach number
motions of the target, approximations can be made for the

scattered field on the target such thatF̂s(rs ,ts) is approxi-
mated as the scattered field at the initial location of the sur-
face, with a phase shift factoreiki "rc due to rigid translation
of the centroid, modulated by exp(2ivits) so that

F̂s~rs ,ts!'F̂s~rs
0,k i ;v i !e

2 iv i tseiki•rc. ~C8!

If the centroid of the scatterer is moving with constant ve-
locity vs then

r c5vsts , ~C9!

where the initial location ofr c at ts50 is the coordinate
system’s origin. Substituting Eqs.~C8! and ~C9! into Eq.
~C7! yields

F̂s~r ,t !52
1

4p E
0

t1

dts
1

2p E
2`

`

dv
eikr

r
e2 iv~ t2ts!

3 R dSs"S[eiki r s
0h(a i ,b i ;us

0 ,fs
0)

3e2 i (v i2ki "vs)ts1F̂s(rs
0,k i ;v i)e

2 i (v i2ki "vs)ts]

3¹s[e2 ikvstsh(u,f;uc ,fc)e2 ikr s
0h(u,f;us

0 ,fs
0)] D .

~C10!

For sufficiently long time durationt, the integral over
ts introduces the delta function d(v(12(vs /c)
3h(u,f;uc ,fc))2v i1k i "vs) to the integrand. The prop-
erty of thed function described in Eq.~57! in this case leads
to

v* 5
v i2k i "vs

12
vs

c
h~u,f;uc ,fc!

, ~C11!

wherev* is the Doppler shifted frequency in the direction of
propagation~u, f!. Integrating overv then yields

F̂s~r ,t !52
1

4p

1

12
vs

c
h~u,f;uc ,fc!

eiv* ~~r /c!2t !

r

3 R dSs•S[eiki r s
0h(a i ,b i ;us

0 ,fs
0)1F̂s(rs

0,k i ;v i)]

3¹s[e2 i (v* /c)r s
0h(u,f;us

0 ,fs
0)] D . ~C12!

In the far field, the scattered field can be approximated
as a point source radiating with an angular weighting factor15

given by the object’s plane-wave scattering function via

Cs~r ur c;v!'
eikur2rcu

kur2r cu
S~u,f;a i ,b i ;v!, ~C13!

which for r @r c reduces to

Cs~r ur c;v!'
1

kr
eikre2 ikr ch~u,f;uc ,fc!

3S~u,f;a i ,b i ;v!. ~C14!

The field induced by a moving point source can be expressed
as

F̂s~r ,t !5E
0

t1

dtsE dVcCs~r ,tur c,ts!q~r c ,ts! ~C15!

with source function

q~r c ,ts!5e2 iv i tsd~r c2vsts!. ~C16!

Equation~C15! then becomes

F̂s~r ,t !5E
0
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dts
1

2p E
2`

`

dv e2 iv~ t2ts!Cs~r uvsts;v!e2 iv i ts

'E
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1

2p E
2`

`

dv
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r
e2 iv~ t2ts!

3
1

k
S~u,f;a i ,b i ;v!e2 i ~v i2ki "vs!ts

3e2 ikvstsh~u,f;ucwc!. ~C17!
Using similar techniques as before to integrate overts andv,
the scattered field becomes

F̂s~r ,t !5
1

12
vs

c
h~u,f;uc ,fc!

eiv* ~~r /c!2t !

v*

c
r

3S~u,f;a i ,b i ;v* !, ~C18!

where @12(vs /c)h(u,f;uc ,fc)#21 is a dynamical factor
due to the motion.2 By equating Eq.~C12! with Eq. ~C18!,
the plane-wave scattering functionS(u,f;a i ,b i ;v* ) for an
object moving at low Mach number in free space can be
written in terms of a surface integral over the object by

S~u,f;a i ,b i ;v* !

'2
v*

4pc R dSs"~@eiki r s
0h~a i ,b i ;us

0 ,fs
0

!

1F̂s~rs
0,k i ;v i !#¹s@e2 i ~v* /c!r s

0h~u,f;us
0 ,fs

0
!# !. ~C19!
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If the object is not moving, Eq.~C19! leads to the special
case Eq.~C9! of Ref. 6 directly.

APPENDIX D: DERIVATION OF THE NORMAL MODE
REPRESENTATION OF THE DOPPLER-SHIFTED
FIELD SCATTERED FROM A MOVING TARGET
BY A SOURCE WITH ARBITRARY TIME
DEPENDENCE IN A STRATIFIED WAVEGUIDE

Using the incident field described in Eq.~B7! and de-
composing the field into upgoing and downgoing plane
waves yields

F i~rs ,ts!

5E
2`

`

dv0(
l

d~v02V1j l~v0!v0cos~f0
02w0!!
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3e2 i ~v01j l ~v0!vs cos~f0
0
2ws!!ts. ~D1!

As in Sec. II C the total scattered field on the surface of
the target can be represented as

Fs~rs ,ts!

5E
2`

`

dv0(
l
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For low Mach number motion,F̂s(rs ,k l
1 ;v0) and

F̂s(rs ,k l
2 ;v0) are approximated as the scattered fields at

the initial location of the surfaceF̂s(rs
0,k l

1 ;v0) and

F̂s(rs
0,k l

2 ;v0) multiplied by the phase shift

e2 i j l (v0)vs cos(f0
0
2ws)ts

Equation~D2! the becomes
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Substituting Eqs.~46!, ~D1! and~D3! into Eq.~12!, the scat-
tered field induced by a simple-harmonic source with source
frequencyV is expressed as
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For an arbitrary source with frequency spectrumQ(V), the
normal mode representation of the Doppler-shifted scattered
field is formulated by Fourier synthesis

Cs~r ,t !5
1

2p E
2`

`

dV Q~V!Fs~r ,t !. ~D5!

The frequency spectrum of the scattered field in the receiv-

er’s frame of reference is obtained by applying a Fourier
transform to Eq.~D5!,

Cs~r ,v8!5E
2`

`

dt eiv8tCs~r ,t !, ~D6!

wherev8 is the frequency in the receiver frame of reference.
Integrating overt leads to
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In order to integrate overv, the roots of the transcendental equation ofv need to be computed

h~v!5v2v82jm~v!v cos~f02w!50. ~D8!

Newton–Raphson method is used to find the approximated solutions of Eq.~D8!. First iteration withv8 as the initial guess
gives

vm8 5v82
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12
v
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, ~D9!

wherevm
G(v8) is the group velocity of themth mode at frequencyv8.

Integrating overv yields ad function of v0 . Performing integration overV yields

Cs~r ,v8!'2
1

2p E
0

t1

dts R dSs"H E
2`

`

dv0(
l

Q~v01j l~v0!v0 cos~f0
02w0!!e2 i ~v01j l ~v0!vs cos~f0

0
2ws!!ts

3SAl~r0
0;v0!@eik~v0!r s

0h~a l ,p2f0
0;us

0 ,fs
0

!1F̂s~rs
0 ,k l

1 ;v0!#

2Bl~r0
0;v0!@eik~v0!r s

0h~p2a l ,p2f0
0;us

0 ,fs
0

!1F̂s~rs
0 ,k l

2 ;v0!# D
3¹sS (

m

1

12 @v/vm
G~vm8 !# cos~f02w!

@Am~r0;vm8 !e2 ik~vm8 !r s
0h~p2am ,f0;us

0 ,fs
0

!

2Bm~r0;vm8 !e2 ik~vm8 !r s
0h~am ,f0;us

0 ,fs
0

!#ei @vm8 2jm~vm8 !vs cos~f02ws!#tsD J . ~D10!

For sufficiently long time durationt, the integration overts introduces the delta functiond(v02vm8 1j l(v0)vs cos(f0
02ws)

1jm(vm8 )vs cos(f02ws)) to the integrand. Once again, a transcendental equation inv0 for the argument of the delta function
needs to be solved by means of Newton–Raphson method

h~v0!5v02vm8 1j l~v0!vs cos~f0
02ws!1jm~vm8 !vs cos~f02ws!50. ~D11!

The derivative ofh(v) with respect tov0 is

dh~v0!

dv0
511

vs

v l
G~v0!

cos~f0
02ws!. ~D12!

First iteration of Newton–Raphson method withvm8 as the initial guess is
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Integrating overv0 finally yields
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Motion compensation for adaptive horizontal line
array processing
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Large aperture horizontal line arrays have small resolution cells and can be used to separate a target
signal from an interference signal by array beamforming. High-resolution adaptive array processing
can be used to place a null at the interference signal so that the array gain can be much higher than
that of conventional beamforming. But these nice features are significantly degraded by the source
motion, which reduces the time period under which the environment can be considered stationary
from the array processing point of view. For adaptive array processing, a large number of data
samples are generally required to minimize the variance of the cross-spectral density, or the
covariance matrix, between the array elements. For a moving source and interference, the penalty of
integrating over a large number of samples is the spread of signal and interference energy to more
than one or two eigenvalues. The signal and interference are no longer clearly identified by the
eigenvectors and, consequently, the ability to suppress the interference suffers. We show in this
paper that the effect of source motion can be compensated for the~signal! beam covariance matrix,
thus allowing integration over a large number of data samples without loss in the signal beam power.
We employ an equivalent of a rotating coordinate frame to track the signal bearing change and use
the waveguide invariant theory to compensate the signal range change by frequency shifting.
© 2003 Acoustical Society of America.@DOI: 10.1121/1.1528929#

PACS numbers: 43.30.Wi, 43.60.Gk, 43.30.Bp@WMC#

I. INTRODUCTION

In an ocean environment, particularly in shallow water,
many loud surface ships are present, interfering with the de-
tection and directional finding of a target signal~henceforth,
target5signal!. Interference rejection usually requires a nar-
row beamwidth and an adaptive beamforming algorithm. A
large aperture horizontal array~HLA ! can be used to exclude
many distributed interfering sources~long-range ships! out-
side the search beam. High-resolution adaptive beamforming
produces a narrow beamwidth and suppresses the contribu-
tion of loud ~nearby! interfering ships by placing nulls at the
interference bearings~interference nulling!.

Many adaptive beamforming approaches, such as the
minimum variance distortionless response~MVDR! algo-
rithm,1 assume a well-conditioned covariance matrix.2–4 But
in reality the true covariance matrix is not known and must
be estimated from the data. A large number of data samples
are normally required to reduce the variance of the estimated
covariance matrix. When the target and interference sources
are moving, as often is the case, the nonstationarity of the
acoustic environment limits the number of data samples
~snapshots! available for estimating the covariance matrix,
resulting in a ‘‘snapshot-deficient’’ condition.5,6 Adaptive
beam power estimates will be biased under the ‘‘snapshot-
deficient’’ condition.2–6 The performance degradation is
worse as the array aperture increases, thus defeating the pur-
pose of a large aperture HLA. This is referred to as the
source motion~degradation! effect on adaptive array pro-
cessing. How to process the signal to compensate for the

motion effect is a research topic of great interest. In this
paper a beam domain approach for motion compensation is
presented.

Assuming that the target and interference signals are
separated in the beam space, the effect of source motion on
the signal covariance matrix can be estimated and compen-
sated for, thus allowing the data to be integrated over a large
number of data samples. The interference field is suppressed
by the difference of the interferer motion from the target
motion. The motion compensation method is intended for a
large aperture HLA.

The focus of this paper is on adaptive beamforming for
a moving target source in the presence of a loud interference
source. One notes that for conventional~Bartlett! processing,
there are other approaches for motion compensation, such as
matched field processing methods that use a different replica
field for a different data sample7 ~for a hypothesized source
track!. This algorithm~referred to by some as ‘‘track-before-
detect’’! when generalized to the Capon~MVDR! processor
will have the same ‘‘snapshot-deficient’’ problem discussed
below involving the inverse of the covariance matrix. The
beam domain approach for motion compensation, on the
other hand, carries over directly to adaptive matched-beam
processing.8 We confine ourselves to the use of a plane wave
steering vector in this paper.

For adaptive beamforming, the question is the follow-
ing: ‘‘What is the minimum number of data samples required
for estimating the covariance matrix so that it is statistically
unbiased?’’ Assuming that the data samples are independent
and identically Gaussian distributed, previous work has sug-
gested that the minimum number of data samples required
for an adequate estimation of the covariance matrix is threea!Electronic mail: yang@wave.nrl.navy.mil
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times the number of elements in the array.4 This condition is
hardly met for a sonar array, particularly under the
‘‘snapshot-deficient’’ condition. Numerical examples~Fig. 1
of Ref. 5! have shown, forM5N, whereM is the number of
data samples andN is the number of sensors on the array, the
MVDR beam power suffers a26 to 212 dB loss for a HLA
of 4 to 16 sensors. In contrast, forM53N the loss is;1 dB.

A less than fully adaptive algorithm, based on dominant
mode rejection, has been proposed for interference
suppression.9 Assuming that the eigenvectors of the largest
eigenvalues are associated with the interference sources, in-
terference suppression can be achieved by removing these
eigenvectors from the covariance matrix or the weighting
factor. The advantage of this method is that it requires a
shorter integration time than the fully adaptive MVDR, since
the large eigenvalues can be estimated using a smaller num-
ber of data samples. Its performance has been studied and
compared with the MVDR method.10

If, on the other hand, one uses a large number of data
samples to estimate the covariance matrix, what is the pen-
alty of ignoring the nonstationarity condition? For moving
sources, the consequence is a spread of the signal energy, as
measured by the eigenvalue spectrum of the covariance ma-
trix from one to more eigenvalues. This was nicely illustrated
in Ref. 6 as a function of the source bearing rate. The price
paid is a loss of signal energy and a reduced ability to reject
the interferers. A remedy is to limit the signal loss using the
white noise constraint,11 as discussed in Ref. 6.

In the beam domain, it will be shown below that when
the signal and interference field occupy different beams, the
motion will spread the beam covariance eigenvalue spectrum
from one to two~or three! eigenvalues, but the eigenvalues
and eigenvectors of the signal and interference remain in two
separate beam subspaces centered on the signal and interfer-
ence bearings. For a source changing bearing, the motion
effect can be compensated by integrating over the signal
beam covariance matrix~the beam covariance submatrix in
the signal space! that synchronizes with the source bearing
rate. For a source changing range, it is shown that elements
of the signal beam covariance matrix have the same range
and frequency dependence as predicted by the waveguide
invariant theory. The source range change can be compen-
sated by a frequency change~shift!.12,13 Using the beam-
domain motion compensation algorithm, it is shown that
MVDR yields the same beam power and beamwidth for the
moving source as the stationary source~for both the bearing
and range change cases!. The interference power is sup-
pressed by the motion compensation algorithm when the in-
terferer has a different motion than the signal source.

This paper is organized as follows: in Sec. II we give a
tutorial review of the stationarity requirements for the esti-
mation of the covariance matrix in the element space. We
illustrate the eigenvalue spectrum spread due to the source
motion, which makes the identification of the signal and in-
terference eigenvectors difficult in the element space. Previ-
ous work has assumed a plane wave model for the signal and
interference field. Here the signal and interference fields are
modeled using a realistic ocean environment. In Sec. III, we
analyze the motion effect on the beam domain covariance

matrix. The key point is that even with motion, the signal
and interference eigenvectors still remain in two separate
beam subspaces as long as they are resolved in bearing. In
Sec. IV, we present a motion compensation algorithm for a
fast bearing-rate signal in the presence of a loud interferer. In
Sec. V, we present a motion compensation algorithm for a
fast range-rate signal in the presence of a loud interferer.
Both algorithms are carried out in the beam space. In Sec. VI
we summarize the paper. Appendixes A and B are extended
footnotes for materials covered in the text.

II. SOURCE MOTION EFFECT: ESTIMATION OF THE
COVARIANCE MATRIX

In this section we review the basic issues regarding the
estimation of a covariance matrix from the point of view of
adaptive array beamforming. The spatial and temporal coher-
ence of the acoustic field are limited in real data by sound
scattering from the random ocean. They impose additional
constraints on array processing,14 which we do not consider
here.

We start with the well-known MVDR beamforming
algorithm,1 as given by

BMVDR~u!5
1

pHR21p
, ~1!

whereR5^pdatapdata
H & is the covariance matrix obtained from

the received pressure field; the superscript H denotes Hermit-
ian conjugate. The variablep ~without a subscript! is the
replica field or the steering vector. The boldface capitalR
denotes a matrix, the boldface lowercasep denotes a vector.
For plane wave beamforming, thenth element of the steering
vectorp is given by

pn5exp~2 jk0xn sinu!, ~2!

whereu is the steering vector measured from the broadside
of the horizontal line array~HLA ! andk0 is the wave num-
ber. For a uniformly distributed line array,xn5nd, whered
is the phone spacing.

For an environment including a target signal, an inter-
ference signal and noise, the covariance matrix is given by

R5sTpTpT
H1s IpIpI

H1snRn , ~3!

wheres denotes the intensity of the received target~T! sig-
nal, interference~I! field, and noise~n!. The basic assump-
tions of Eq.~3! are that the signal, the interference field, and
noise are statistically independent and uncorrelated with each
other so that the covariance matrix is a summation of the
covariance matrices of the signal, interference, and noise.

The true covariance matrix is not known in practice and
must be estimated from data. The popular approach is to
average~or integrate! the cross-spectral matrix over data
samples~under the ergodic assumption for a stationary con-
dition!:

R̂5^ppH&5 (
m51

M

p~m!p~m!H/M , ~4!

where
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p~m!5AsTpT1As IpI1Asnpnoise

is the pressure field at timem, and the summation is overM
data samples. The estimation of the covariance matrix de-
pends on the integration time, and the acoustic conditions.
For moving sources~including the target and interferers!, the
integration time needs to be short enough so that the dy-
namic behavior of the signal field is captured and the noise
covariance matrix can be considered stationary~the short-
term stationarity condition!. But for a short integration time,
Eq. ~4! may deviate significantly from Eq.~3!, producing
bias in the beam power estimate.2–5 A long integration time
is required to minimize the variance of the covariance ma-
trix, but then the details of the spatial structure of the moving
signal field may be blurred. We consider two cases: a short
integration (M,N) and long integration time (M>N), with
N being the total number of elements on the HLA.

A. Short integration time

For a fast bearing-rate source, the available snapshots
are limited by the stationary condition. Two conditions are
used to calculate the available number of snapshots.6,10

~1! Length of FFT. For a given integration time, the number
of snapshots is inversely proportional to the FFT size.
The tradeoff is between a short FFT and a larger number
of data samples versus a long FFT and a small number of
data samples. For frequency domain processing, there is
a lower limit on the FFT size given by the requirement
that the signal received on all elements of the array be
contained in the same FFT window. Since the delay time
across the array for a given signal is the largest at the
endfire direction, a lower limit of the FFT window is
given byt5L/c, whereL is the array aperture, andc is
the sound speed. For the numerical example given below
using an array of 100 sensors withL5594 m andc
51500 m/s, one findst'0.4 s, which yields a frequency
bin of 2.5 Hz. Note that the beamforming steering vector
is for the center of the frequency bin. To avoid the phase
error across the array due to the finite frequency bin size,
Ref. 6 suggests a more stringent requirement for the fre-
quency bin size, which is eight times smaller than given
above. The minimum FFT window increases to 3.2 s.

~2! The short-term stationarity limit. Short-term stationarity
implies the assumption that the ocean environment is
considered ‘‘stationary’’ for a short term. For a HLA, the
short time limit is determined by the duration the signal
will stay in the same beam. For a beamwidth of, say,
;2° ~for an array of;40 wavelengths!, and a signal at a
range ofR55 km, traveling atn520 knots~see the ex-
ample below!, the short time limit ist5Ru/n'17 s.

Given a FFT window of 1 s, only 17 time frames are
available before the stationary condition is violated.

We thus see that for a fast bearing–changing source, the
numbers of data samples available without violating the sta-
tionarity condition are severely limited, i.e.M,N, the
snapshot-deficient condition. This results in undersampling
of the covariance matrix. The snapshot-deficient condition
becomes worse as the array aperture increases.

B. Long integration time

For a moving source, by integrating the covariance ma-
trix over a large number of data sample, one pays a price for
violating the short-term stationarity condition. The conse-
quence of source motion is a spread of the eigenvalue spec-
trum, which was nicely illustrated in Ref. 6 for a fast
bearing-rate source, assuming a plane wave model. We will
illustrate the same results using a realistic ocean environment
with multipath arrivals. We shall also consider a source that
changes range rapidly. For both cases, we add an~additional!
interference field generated by a surface ship.

For numerical simulations, we shall consider a bottom-
mounted HLA in the SWellEx-96 environment,15 where the
water depth is 210 m, and the sound speed is close to 1490
m/s for the majority of the water column, except for the top
30 m, where the sound speeds increase to 1525 m/s at the
surface. The HLA shall have 100 elements spaced at 6 m
uniformly. We consider two cases. Case 1 involves a fast
bearing–changing target and a slow bearing–changing inter-
ference source. The target has a speed of 20 knots moving
from 26° to 6° in bearing~from the broadside of the HLA!
in 100 time frames. The target range is 5 km and the target
depth is 50 m. The interference source is a surface ship with
a radiation source at a depth of 5 m. It is located at a range of
10 km, traveling with a speed of 5 knots. It changes bearing
from 30°–33° in the same time period. It has a source level
20 times stronger than the signal. Case 2 involves a fast
range-changing target at the bearing of 0° with a depth,
speed, and initial range the same as in Case 1. The surface
interference is now at a range of 20 km with a source level
50 times of the signal. It has a fixed bearing of 30° with the
same depth and speed as in Case 1. In both cases, we assume
a white noise;20 dB down from the signal at the element
level. The properties of the moving source and interference
are summarized in Tables I and II for Cases 1 and 2, respec-
tively.

The pressure field is calculated using theKRAKEN nor-
mal mode code.16 The covariance matrix is integrated~aver-
aged! over all 100 samples. Figure 1 shows the eigenvalue
spectrum for Case 1 at three different frequencies~100, 110,

TABLE I. Properties of bearing–changing target and interference sources
~Case 1!.

Depth
~m!

Range
~km!

Bearing span
~°!

Speed
~knot!

Source level
~dB!

Target source 50 5 26–6 20 0
Interference source 5 10 30–33 5 26

TABLE II. Properties of range-changing target and interference sources
~Case 2!.

Depth
~m!

Range
span~km!

Bearing
~°!

Speed
~knot!

Source level
~dB!

Target source 50 5–6.03 0 20 0
Interference
source

5 20–20.26 30 5 34
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and 120 Hz!, when the target and interference source are
both stationary. It can be independently verified that the first
~largest! eigenvalue and eigenvector are dominated by the
surface ship, and the second eigenvalue and eigenvector are
dominated by the target signal; the rest are associated with
the noise. In this case, the interference field from the sur-
face ship can be rejected by removing the first eigenvector
from either the covariance matrix, or the MVDR weighting
factor. Figure 2 shows the MVDR beam outputs using a
white noise constraint11 of 2 dB. ~The white noise constraint
determines the amount of diagonal loading for the rank de-
ficient covariance matrix so that the normalized MVDR
beam power for the white noise is equal to or less than the

white noise constraint. The white noise constraint is used
here to minimize the signal loss due to the mismatch be-
tween the signal field and the plane wave steering vector.!
Both the signal and surface interference beams have narrow
beamwidths compared with conventional beamforming~not
shown here!.

Figures 3 and 4 show the eigenvalue spectrum at 100,
110, and 120 Hz for Cases 1 and 2, respectively. We note that
because of the source motion, the signal energy has spread to
more than two eigenvalues. The largest eigenvalue in Figs. 3
and 4 are predominantly associated with the surface interfer-
ence source; they have different magnitudes because the sur-
face interference source is at a different range and has a
different source level between Cases 1 and 2. The second and
higher eigenvalues are a mixture of signal and interference
fields. Since the received level of the interference field is
much ~.10 dB! stronger than that of the signal field, its
contribution ~to the second and higher! eigenvalues is non-
negligible compared with the signal contribution. In this re-
gard, note that the second eigenvalues in Fig. 3 have much
larger amplitudes than the second eigenvalues in Fig. 1. The
mixture of the signal and interference eigenvalues and eigen-
vectors is known to degrade the performance of interference
rejection algorithms for weak signal level cases. Figure 5
shows the MVDR beam outputs using the same white noise
constraint. Note that the beam at the broadside direction has
a much wider width than the corresponding beam in Fig. 2.
This is because the signal has covered a bearing from26° to
6 degrees.

III. THE BEAM COVARIANCE MATRIX

In this section, we analyze the motion effect on the beam
covariance matrix, i.e., the cross-spectral density between

FIG. 1. Eigenvalue spectrum of the
element-space covariance matrix for a
stationary source and interference
~Case 1! at three different~100, 110,
and 120 Hz! frequencies. The first and
second eigenvalues are associated with
the interference and source, respec-
tively. Eigenvalues are connected by
lines to distinguish between different
frequencies.

FIG. 2. The MVDR beam power for a stationary broadside source and
interference at 30°.
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different beams. We show that the target signal and interfer-
ence signal belong to two different beam subspaces as long
as they are adequately resolved in bearing. The motion
spreads the signal and interference energy over several ei-
genvalues in their respective beam subspaces. Since they are
separated from each other, they can be processed coherently
in their own beam space to recover the beam energy loss due
to source–motion compensation~see Secs. III and IV be-

low!. Motion compensation is difficult in the element space,
as the eigenvectors of the signal and interference fields are
mixed by the source motion effect, and are nota priori sepa-
rable, as discussed above.

Recall the conventional beamforming algorithm, by
which the pressure field for each element of the HLA is
multiplied by a phase factor according to a plane wave ar-
rival at the steered angle,

FIG. 3. The eigenvalue spectrum of
the element-space covariance matrix at
100, 110, and 120 Hz, for a moving
source and interference constantly
changing bearing. See Case 1 in the
text ~Table I!.

FIG. 4. The eigenvalue spectrum of
the element-space covariance matrix
for a moving source and interference
constantly changing range at three dif-
ferent~100, 110, and 120 Hz! frequen-
cies. See Case 2 in the text~Table II!.
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ai[a~q i !5(
n

exp~2 jk0xn sinq i !pn[(
n

Tinpn , ~5!

where k0 is the wave number for sound speedc0

51500 m/s,q i is the angle of theith beam, andTin is the
i ,nth element of a matrixT. For a uniformly spaced HLA,
xn5nd, andTin5exp(2jk0dnki), wherek i[sinqi andd is
the element spacing. Assuming that beams are uniformly
spaced in thek i space, with a total number of beams equal-
ing the number of phonesN, one notes thatT is an orthogo-
nal matrix satisfyingTTH5THT5NI . Equation ~5! states
that the beam vectora is an orthogonal transformation of the
pressure vectorp, expressed in vector–matrix notion as

a5Tp. ~6!

The beam covariance matrix is then given by

Q5^adataadata
H &5TRTH, ~7!

whereadata is the conventional beam output for the received
data, replacingp by pdata in Eq. ~6!. The beam space MVDR
algorithm, denoted as MBDR for distinction, is given by

BMBDR~u!5~aHQ21a!21, ~8!

where the beam steering vector is given by Eq.~6! after
substituting the plane wave steering vectorp from Eq. ~2!.

We shall denoteuS as the steering/search angle anduT

as the signal angle~bearing! andq i as the beam angle, index
i, used in matrix multiplication. We note that the beam steer-
ing vector a is the conventional beam output for a plane
wave arriving at the angleuS . It has a beamwidth sin(qi

2uS)'1/N, N being the number of sensors on the HLA.
Thus, the elements of the beam steering vectora are small
except for the6w beams adjacent to the signal-look beam.
This is particularly so for a large aperture HLA, where the
side lobe levels are low. We then find that in this approxima-
tion, only the 2w11 beam subspace of the beam covariance
matrix will contribute to the MBDR output at angleuS . Thus
we can use a beam subspace processor,8

BMBDR~u!5~ âHQ̂21â!21, ~9!

whereâ is a subvector ofa, of dimension 2w11, andQ̂ is a
submatrix ofQ, of dimension (2w11)3(2w11) indexed
around the signal-look directions. The parameterw denotes
the number of signal beams covered by the signal beam-
width. For example, if the beamwidth is 2° and we form a
beam at each degree, thenw52. For this case, the matrix
inversion will be for a 535 matrix, which is much faster than
the inversion of a matrix of dimension 1003100 in the ele-
ment space. The relationship between the beam-space
MVDR with the element-space MVDR is briefly discussed
in Appendix A.

For this paper, we are going to oversample the beam
space. In our numerical calculations, we shall use a 1° beam
near the broadside directions. This leads to a beam increment
of D5sin~1°!;0.0174, and hence a total of 2/D'115 beams
in the sinu space~versusN5100). For the eigenvalue cal-
culations, we shall use a beam submatrix of dimension larger
than 5 to include the beam spread due to multipath arrivals
and source bearing change. The eigenvalue spectrum is cal-
culated for a submatrixQ̂ of dimension 11311 centered on
the signal or interference bearings.

Let us consider Case 2 first, where the target and inter-
ferer stay at a fixed bearing but are changing range. The
beam eigenvalues are shown in Figs. 6~a! and ~b! for the
target and interference source, respectively, using their re-
spective beam covariance submatrices. We see that the signal
energy for the broadside target remains to a high degree in
the first eigenvalue. The interference energy spreads over;5
eigenvalues. The basic premise here is that the eigenvalues
and eigenvectors of the target and interference are separable
in the beam space~when the target and interferer are sepa-
rated by at leastw beams!. In that case, it will be shown
below in Sec. V that the signal energy can be integrated by
analyzing the signal beam intensity striation. This processing
suppresses the interference energy when the interferer has a
different range or range rate than the target.

Figure 7~a! shows the signal eigenvalues for a broadside
target changing bearing from26° to 6°~Case 1!. We see that
the signal energy spreads from 1~as for a stationary source!
to 8 eigenvalues. Figure 7~b! shows the signal eigenvalues
for the same target changing bearing from26° to 25°. The
eigenvalue spread is limited to<3 eigenvalues. We note that
the beam covariance matrix for the signal changing bearing
from 26° to 6° is the sum of signal beam covariance matri-
ces for bearing change from26° to 25°, 25° to 24°, 24°
to 23°, etc. Consequently, the eigenvectors of the former
covariance matrix is the sum of the eigenvectors of the latter
covariance matrices. Indeed in Fig. 7~a!, one finds that the
eigenvalue spectra at 100 and 120 Hz consist of 6–8 eigen-
values of similar magnitudes, corresponding to 6–8 indepen-
dent eigenvectors. At 110 Hz, the eigenvectors of the indi-
vidual matrices add coherently into two dominant
eigenvectors. Knowing the relationship between the beam
covariance matrices, it is possible to integrate the beam co-
variance matrices coherently~by searching for the target
bearing rate!, so that it produces one large eigenvalue.~See
Sec. IV.! Again, we assume that the signal and interference

FIG. 5. The MVDR beam power for a bearing–changing broadside source
and interference at 30°~Case I! using all 100 data samples.
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field are separated by at leastw beams~at any instant of
time!.

For a signal near the endfire direction, the multipath
arrivals often spread the signal energy over more than
one beam. For plane wave adaptive beamforming, the mul-
tipaths are processed incoherently as independent signal ar-
rivals, despite the fact that they originate from the same

source. One may desire coherent processing of the multipath
arrivals. A coherent multipath combination would require a
beam domain matched-field processor, e.g., the adaptive
matched-beam processor. That topic is outside the scope of
this paper.

Although the focus of this paper is on motion compen-
sation, we note that the beam domain approach presents an

FIG. 6. The eigenvalue spectrum of
the beam subspace covariance matrix
for a target~a! and interference source
~b!, both changing range, at three dif-
ferent~100, 110, and 120 Hz! frequen-
cies.~See Case 2.!
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advantage on interference rejection, even for a stationary sig-
nal and interference. In the element space, the largest eigen-
value is likely to be dominated by a loud interference. When
the signal and interference fields are not orthogonal~as is
often the case in reality!, it is difficult to remove the eigen-
vector of the interference without losing the signal energy.
The situation is different in the beam domain. Note that in

the signal beam~sub-!space, the largest eigenvalue will be
dominated by the signal, since energy leakage from the in-
terference source to the signal beam has been suppressed by
the array beamforming peak-to-side lobe ratio~>20 dB for
the example given above!. Removal of the interference
eigenvalue/eigenvector has a lesser effect on the signal field.
Likewise, note that in the beam~sub-!space pointing to the

FIG. 7. The eigenvalue spectrum of
the beam subspace covariance matrix
for a moving source changing bearing
~Case 1! at three different~100, 110,
and 120 Hz! frequencies. In~a! the
source bearing changes from26° to
6° and in ~b! the source bearing
changes only by;1°.

252 J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 T. C. Yang: Motion compensation



interference, the largest eigenvalue will be dominated by the
interference field.

IV. MOTION COMPENSATION: A FAST BEARING-
RATE SOURCE

For bearing-rate compensation the concept is best de-
scribed by a rotating coordinate system focused on the target
so that the signal retains a constant bearing in this coordi-
nate, and its spectral energy are added up coherently across
the HLA. The interference, having a different bearing rate
than the signal, will appear to spread over a range of bearing
and its energy will be smeared.

This idea is not new and is already implemented in the
so-called scissorgram. A scissorgram is a beam spectrogram
that follows a bearing–changing target. The rotating coordi-
nate system is a mathematical framework for describing the
scissorgram.

Why work in the beam space? Note that to investigate
the target spectral content, one uses the scissorgram since the
spectra of individual elements are dominated by the interfer-
ence signal. For the same reason, to integrate the signal en-
ergy coherently across the array for a bearing–changing tar-
get, one should use the signal beam covariance matrix
following the target. In contrast, the element space covari-
ance matrix will be dominated by the interference field~as
shown above!. The beam covariance submatrix at the signal
direction has a negligible contribution from the interference
field.

The beam domain motion compensation algorithm
works as follows. We assume that the signal has been de-
tected by usual array processing, e.g., conventional beam-
forming. Thus, we know the approximate bearing of the sig-
nal and the corresponding beam subspace for the signal. We

assume that the processor does not know the bearing rate and
will search for the bearing rate that yields the highest beam
power for the signal beam subspace, as determined by the
value of its first eigenvalue. For a given bearing rate, we first
construct a bearing track. As an example, Fig. 8 shows a
bearing track in the sinu space for an initial bearing of26°
with a hypothesized bearing rate of 0.12°/unit time.~For
Case 1, the signal moves from26° to 6° in 100 units of
time.! The horizontal line denotes the beam indices. Figure 9
shows the discrete version of the bearing track as only a
finite number of beams are available.

We shall explain a procedure for implementing the ro-
tating coordinate in the beam space. The rotating coordinate
basically renumbers the beam indices of the beam cross-
spectral matrixadataadata

H for each data sample according to a
hypothesized bearing track~as depicted by Fig. 9! and then
adds them up to produce a beam covariance matrix. The
beam index is numbered from 1 to 115 with the beam at
sinu521 as No. 1. Use Fig. 9 as an example, there is no
bearing change for the first four data frames~the signal stays
in beam No. 52!, thus the~complex! beam covariance matri-
ces for time 1 to 4 are just added together. For the time
frames 5–13, the signal bearing has changed by one beam.
The beam cross-spectral matrix for these~5th–13th! time
frames will be shifted up by one index and shifted left by one
index with the topmost row and leftmost column wrapped
around to the bottom-most row and rightmost column. The
resulting ~5th–13th! beam cross-spectral matrices will be
added to the cross-spectral matrices of the previous four
~1st–4th!. For the next nine data frames, according to Fig. 9,
the target bearing has changed by two beams. Hence, the
beam cross-spectral matrices will be shifted up and shifted
left by two indices and added to the previous beam cross-

FIG. 8. Source track in bearing versus
the beam angles, plotted in sinu space.
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spectral matrices. This process is continued for all 100 data
frames for the hypothesized bearing track of Fig. 9. A final
beam covariance matrix is obtained for the hypothesized
bearing track. This beam covariance matrix will be, in prin-
ciple, the same as that for a stationary source, since in the
rotating coordinates, the source is stationary.

For each hypothesized target-bearing rate~bearing track!
one finds the largest eigenvalue of the beam covariance sub-
matrix in the signal beam space. After repeating the above

process for a given range of bearing rate~bearing track!, one
plots the level of the first eigenvalue as a function of the
search bearing rate. The results for Case 1 are shown in Fig.
10. It shows a peak at a bearing rate of;0.1°/unit time,
which is slightly lower than the true value of 0.12°/unit time.
The estimation error is due to the discrete beams used for
bearing rate compensation.

Using the~final! beam covariance matrix obtained at the
bearing rate of;0.1°/unit time, we apply the beam domain

FIG. 9. Beam indices~in terms of
sinu! used for aligning the beam space
covariance matrix based on the bear-
ing track of Fig. 8.

FIG. 10. Amplitude of the first~larg-
est! eigenvalue of the beam-domain
signal submatrix as a function of the
bearing rate used to compensate for
the source motion.
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MVDR, Eq. ~9!, and plot the output beam power in Fig. 11.
We see that the signal has a sharp peak, as expected for
MVDR. The interference source shows up as a broadband
peak since its motion was not compensated. The peak-to-
interference ratio has improved by 6 dB over the element-
space MVDR, as shown in Fig. 5; the latter was not com-
pensated for motion.

V. MOTION COMPENSATION: A FAST RANGE-RATE
SOURCE

For range-rate compensation, one needs a discriminator
related to range that differentiates the target signal from the
interference field. The discriminator to be used here is the
frequency–range~scaling! relationship as predicted by the
waveguide-invariant theory. It was shown previously for a
time-reversal vertical line array~VLA !, focusing the acoustic
energy to a~slightly! different range than the original source
location can be accomplished by frequency shifting.12 Like-
wise, for matched-field processing on a VLA, source range
change can be compensated for by frequency shift of the
covariance matrix.13 However, the same approach does not
work for a HLA, as the element space covariance matrix for
a HLA does not have the same frequency and range depen-
dence as for a VLA.13 The technical reason is that there is
only one range parameter for a VLA, but there are many
range parameters for a HLA.

We first show that the beam covariance matrix for a
source changing range will exhibit the same frequency–
range dependence as predicted by the waveguide-invariant
theory. Equipped with this, source range change can be com-
pensated by frequency shift. Consequently, a range compen-
sation algorithm can be used to search for the target range
rate and recover the signal loss due to motion. The interfer-
ence field is suppressed when the interferer has a different
range rate than the target source.

A. Beam striations

We have previously shown that the conventional beam
output for a HLA also exhibits the same striation pattern as a

function of frequency and range as predicted by the
waveguide-invariant theory.17 We will show that the same
frequency–range dependence is also true for the beam cova-
riance matrix for the signal. In Appendix B we show that the
conventional beam output, for an array ofN phones spaced at
d, can be written as

b~u,v!5(
m

Am exp~2 jkmr C!expS 2 j
~N21!d

2
k0 sinu D

3sinb~km sinuT2k0 sinu!, ~10!

where r C is the range to the source from the center of the
array, km is the mode wave number,v is the acoustic fre-
quency,

sinb~X![sinS Nd

2
XD Y sinS d

2
XD , ~11!

andAm is the mode amplitude,

Am'A2pcm~z!cm~zS!/Akmr C,

wherecm(z) is the mode depth function.
Let Xm5km sinuT2k0 sinu; the beam intensity spectrum

can be written as

B~u,v![ub~u,v!u2

5(
m,n

Am* Anej ~km2kn!r Csinb~Xm!sinb~Xn!. ~12!

We note that when the signal is at the broadside direction,
sinb(Xm)5N at the signal look direction. The beam intensity
is N2 times that of a single element. For a nonbroadside
source, the angle of the beam containing themth mode signal
can be offset from the source bearing by many degrees, as
the mth mode signal arrives at an angle determined by
sinum5kmsinuT /k0[cosfmsinuT , where fm is the mode
vertical arrival ~depletion/elevation! angle. The beam is
spread by the mode arrival anglesum , particularly for an
endfire source.~For a numerical illustration, see Ref. 17.! For
an endfire target, the signal beam is no longer peaked at the
source bearing.

An individual mth mode arrival covers an angle span
determined by sinb(Xm) as

~sinu2sinum!,
p

Ndk0
5

1

N
, ~13!

where d is set at a half-wavelength. Themth mode beam
intensity at beam angleum is proportional to that of a single
element and has the same striation pattern as for a single
element.17

From Eq.~10!, one obtains the beam covariance matrix
as

C~ i , j !5e2 j @~N21!d/2#k0~sin u i2sin u j !(
m,n

Am* Anej ~km2kn!r C

3sinb~Xm,i !sinb~Xn, j !, ~14!

wherei , j are beam indices associated with the bearing angle.
The dominant elements of the beam covariance are those

FIG. 11. The beam-domain MVDR beam power after motion compensation.
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beams for which sinb(Xm,i);1, i.e., beams that satisfy Eq.
~13!. Compare Eq.~14! with Eq. ~12!; we note that the co-
variance matrix@Eq. ~14!# has the same frequency–range
dependence through the exponential term as the beam power
@Eq. ~12!#.

The beam power at the signal direction~broadside to the
array! is plotted in Fig. 12 as a function of frequency and
time for Case 2. Recall that the signal travels 1.03 km during
a time period of 100 units~Table II!. We see that the beam
intensity in Fig. 12 exhibits a striation pattern as a function
of frequency and time. This pattern has been shown previ-
ously to be identical to that of a single element except that
the level has been enhanced by the signal gain.17

~The slope of the striation pattern for a single element
has previously been shown to agree between model and

measurement.18 This suggests that the modeled beam stria-
tion patterns should also agree with data, although the agree-
ment has not been verified experimentally.!

In Fig. 13, we plot the intensity of the beam covariance
matrix between a beam one index lower and another beam
one index higher than the signal beam. We see that it shows
the same striation pattern as the beam power, Fig. 12.~The
beam power relates to the diagonal element of the beam co-
variance matrix.!

The slope of the above striation is related theoretically to
the so-called waveguide invariant parameter,b.19–21 The
waveguide-invariant theory says that the slope of the stria-
tion for the single-element acoustic intensity, plotted as a
function of frequency and range, is given by

FIG. 12. Intensity striations as a function of time and
frequency for the beam pointing to the source~Case 2!.

FIG. 13. Striation pattern of the beam correlation be-
tween two beams one index below and one index above
the signal beam~Case 2!.
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dv

dr
5b

v

r
, ~15!

where b is given by the ratio of the difference of phase
slowness between a pair of modes over that of the group
slowness between the same pair of modes.19–21 The param-
eterb is called the waveguide invariant since it is a ‘‘univer-
sal’’ number for a group of modes. Assuming the source
travels with a constant velocityv, the above equation can be
rewritten as

dv

dt
5b

vv
r

[g, ~16!

whereg is the slope of frequency striation with respect to
time. Based on the analysis above, the waveguide invariants
can be extended to the beam intensity, and the beam covari-
ance matrix. The frequency striation slopeg can be directly
measured from the beam intensity spectrum. We find thatg is
approximately 0.2 Hz/unit time in Fig. 12.

Based on Eq.~16!, the beam intensity@Eq. ~10!# at the
signal direction satisfies the following equation:

B~v,t1dt!5B~v1gdv,t !. ~17!

Thus, the signal range change can be compensated by a fre-
quency shift between the adjacent data frames. The same is
also true for the elements of the beam covariance matrix
indexed around the signal directions. The side lobe beams
~outside the signal arrival directions! normally have a differ-
ent striation pattern.17

B. Range-rate compensation

Next, we address the beam domain adaptive processing
for range-rate compensation assuming that the target signal

has been detected and its bearing is known. We do not as-
sume thatb is known in advance; it can be a function of the
source–receiver geometry, and frequency. Nor do we assume
that the source range is known. Althoughg can be measured
from the intensity spectrum of the signal beam when there is
a sufficient signal-to-noise ratio, we shall assume that it is
unknown~or known only approximately! and shall search for
it during array processing. The parameterg will be called the
frequency-shift rate or frequency rate for short.

The algorithm for a frequency-rate search works as fol-
lows: For a given frequency rate, the beam covariance matrix
for each data frame is shifted in frequency according to Eq.
~17! for all of its elements. The beam covariance matrices are
then summed~integrated!. We then calculate the value of the
first ~largest! eigenvalue of the beam covariance submatrix at
the signal arrival direction. The process is repeated for other
anticipated frequency rates. The eigenvalue is then plotted as
a function of the frequency-shift rate. Figure 14 shows the
search result. It yields an estimation of the frequency rate at
a value of 0.16 Hz/unit time. The entire beam covariance
matrix will be summed using this frequency rate. The final
beam covariance matrix will be used by the beam domain
adaptive processor.

Figure 15 shows the beam power using the element
space MVDR algorithm, with the covariance matrix inte-
grated over the 100 data frames without motion compensa-
tion. ~The beam pointing to the surface ship is somewhat
skewed due to the spreading of mode arrival angles, as re-
marked above.! Figure 16 shows the beam power using the
beam domain MVDR algorithm that includes range-rate
compensation~via the above frequency-shift algorithm!.
Comparing Fig. 16 with 15, we see that the signal-to-
interference ratio has improved by 10 dB by the range-rate
compensation algorithm. While the signal power has been

FIG. 14. Amplitude of the first~larg-
est! eigenvalue of the beam-domain
signal submatrix as a function of the
frequency rate used to compensate for
the source motion.
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coherently added up following the frequency striation of the
signal, the interference beam power has been suppressed
since the interference field has a different frequency-shift
rate than the signal. Note that the interferer is at a different
range and has a different speed than the signal source.

Although the above simulation uses a signal at the
broadside direction, the same approach can be applied to a
signal at an endfire direction. It was shown in Ref. 17 that
the signal arrival beams for a near endfire signal have the
same beam striation pattern as the signal beam for a broad-
side signal. Each signal arrival beam may have a somewhat
lower intensity due to signal energy spread over multiple
beams.

C. Generalizations

The above discussions showed that the motion effect on
the signal field could be compensated for in the beam do-

main using the signal beam covariance matrix. This allows a
‘‘long’’ integration time for the ~beam! covariance matrix.
We showed that the MVDR signal beam retains the same
beam power for the moving source as for a stationary source.
The interferer is found suppressed when its motion does not
match the signal source.

Although we addressed bearing-rate and range-rate com-
pensations separately in the above sections~Secs. III and
IV B !, the algorithms can be generalized to a more general
case when the target is changing bearing and range at the
same time. The full development of the algorithms is beyond
the scope of this paper, but the concept can be easily illus-
trated. The process involves a search of possible paths con-
necting an area of initial and an area of final source locations
in the x-y or range-bearing coordinate. Assuming that the
source travels with a constant velocity, the bearing and range
rate can be calculated from a given hypothesized path of the
source travel. For each bearing and range rate, an eigenvalue
is obtained for the signal beam covariance matrix compen-
sated for the range and bearing change by a frequency and
beam shift. The path that produces the highest overall signal
eigenvalue yields an estimate of the target bearing and range
rate and hence the target track.~This search process is analo-
gous to matched field tracking as discussed in Ref. 7, for
which the search is carried in the range-depth domain.! A
final beam covariance matrix is obtained for the entire beams
by integrating the beam covariance matrix using the esti-
mated bearing and range rate, based on the above motion
compensation algorithm.

VI. SUMMARY AND CONCLUSIONS

In this paper we analyze the source motion effect on the
estimation of the covariance matrix in both the element and
beam space. The motion effect spreads the signal energy
from one to several eigenvalues when integrated over many
data samples. Consequently, when interference is present, the
eigenvectors of the signal and interference are mixed with
each other and are no longer easily separable in the element
space. Eigenvalue spreading also occurs in the beam space
but the signal and interference eigenvectors belong to differ-
ent beam~sub-!spaces as long as the signal and interference
field show up in different beams. It is then possible to pro-
cess the signal~in the beam domain! without being affected
by the interference field.

~The basic difference between beam and element space
processing can be explained using the analogy of frequency
and time domain processing. Assume that the signal and in-
terference field have different spectral content and both have
Doppler shift due to source motion. One finds that it is dif-
ficult to correct for the signal Doppler shift in the time do-
main since the time series data are dominated by the inter-
ference field. The natural thing is to process the data in the
frequency domain where the signal and interference field are
separated by their frequency contents. The conventional
beams are in this context same as the wave number transform
of the pressure fields. The signal and interference field oc-
cupy different beams.!

We propose two beam-space algorithms to compensate
for the source motion so that the beam covariance matrix can

FIG. 15. The MVDR beam power for a range-changing broadside source
and interference at 30°~Case 2! using all 100 data samples.

FIG. 16. The beam-domain MVDR beam power for a range-changing
broadside source and interference at 30°~Case 2! after motion compensa-
tion.
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be integrated over a long time to produce one large eigen-
value for the signal field. The anticipated payoff is recovery
of the signal loss due to source motion, less degradation
~bias! in the MVDR beam power, and suppression of the
interference power.

For a fast bearing-rate source, the beam covariance ma-
trices are realigned in the beam space by searching/tracking
the source bearing change. For a fast range-rate source, the
beam covariance matrices are integrated by frequency shift-
ing. The frequency-shifting rate is searched using the beam
submatrix centered on the source. Using simulated data, we
showed a significant improvement of the beam-domain
MVDR performance, with motion compensation, over that of
the element-space MVDR, without motion compensation.
The signal beam width is narrow as for a stationary source.
The interference power has been suppressed when the mo-
tion of the interference does not match that of the signal,
resulting in a 6–10 dB improvement in the signal-to-
interference ratio over the element-space MVDR.
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APPENDIX A: THE BEAM DOMAIN MVDR
PROCESSOR

Using the orthogonal matrixT, the MVDR beam power,
Eq. ~1!, can be rewritten as

BMVDR~u!5~pHR21p!215~pHTHTR21THTp!21

[~aHX21a!21, ~A1!

where a is given by Eq.~6!, with p in Eq. ~6! being the
steering vector for plane wave beamforming as given in Eq.
~2!, and

X21[TR21TH ~A2!

is a beam domain matrix. Equation~A1! is the beam domain
expression of the MVDR algorithm.22

Equation ~A1! is not very useful for a large aperture
HLA. The MVDR algorithm requires the inverse of the co-
variance matrixR, which involves a calculation of the order
;O(N3) for N elements. The beam domain expression re-
quires two additional matrix multiplications that involve a
calculation of;O(N2). For a large aperture array, the ma-
trix inversion is already computationally intensive and there
is no incentive to go to the beam domain. For beam domain
processing, one would like to calculate the beam covariance
matrix directly from the conventional beam outputs as in Eq.
~7!. However, in practice, one notes thatQ21ÞX21 when
the number of beams does not equal the number of phones.

The alternative algorithm for the beam domain MVDR
as given by Eq.~9! reduces the computations by.1–2 or-
ders of magnitudes than the element space MVDR. As dis-
cussed in the text, the beam domain uses a beam submatrix
of the order 333. The inversion of a matrix of dimension 3 is
several orders of magnitude faster than the inversion of a
matrix of dimension 100. One notes that conventional beam-
forming is the first step of processing for many sonar array

systems, and in some systems the conventional beams are the
only data available for post-processing. Given the fact that
conventional beams have already been obtained, Eq.~9! is
the preferred algorithm. The beam power of Eq.~9! has been
checked to agree with the element space MVDR for a plane
wave model.

Note that there are other ways to implement the beam
subspace processors, but most of them yield a higher side
lobe level compared with the element-space MVDR. For ex-
ample, high side lobe levels are found if a submatrix of the
inverse matrixQ21 @with Q defined in Eq.~7!# is used in-
stead of the inverse ofQ̂, as described above. One could also
zero out all elements inQ except for the sub-matrix contain-
ing Q̂, add a small unit matrix~diagonal loading! and then
take the matrix inverse. The results are not satisfactory and
the processing is computationally intensive.

APPENDIX B: THE CONVENTIONAL BEAM OUTPUT

The conventional beam output of a horizontal line array
is given below using a normal mode representation of the
pressure field,

pj~v!5(
m

A2p exp~2 jkmr j !cm~z!cm~zs!/Akmr j

[(
m

Am exp~2 jkmr j !, ~B1!

wherer j is the range from the source to thejth element, and
we shall assume that all the elements are at the same depthz.
For an array ofN elements, with spacingd, we form a con-
ventional beam as follows:

b~u,v!5 (
n51

N

ej ~n21!k0d sin upn~v!, ~B2!

where the angleu is measured from the broadside of the
HLA and k05v/c0 , with c0 being the sound speed at the
HLA depth. For the analytical calculations below, we shall
take a farfield expansion of the source–receiver range,

r n>r 02~n21!d sinuT , ~B3!

wherer 0 is the range to the first element of the array anduT

is the source bearing. We then find that

b~u,v!5(
m

Am exp~2 jkmr 0! (
n51

N

exp„j ~n21!

3d@km sinuT2k0 sinu#…

5(
m

Am exp~2 jkmr C!

3expS 2 j
~N21!d

2
k0 sinu D

3sinb~km sinuT2k0 sinu!, ~B4!

where

r C[r 02
~N21!d

2
sinuT
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is the range to the source from the center of the array, and

sinb~X![sinS Nd

2
XD Y sinS d

2
XD .
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Narrow band laser-generated surface acoustic waves
using a formed source in the ablative regime
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A narrow band laser-generated acoustic signal was created using a 4-element lenticular array. This
arrangement of the array produces an acoustical signal with frequency content that is compatible
with the response of a noncontact and remote broadband receiver, such as a capacitive air-coupled
transducer. To support the experimental observations, a simplified concept is presented to explain
the effect of a line array source on the frequency content of a surface acoustic wave. The analytical
model solution for the wave front shape is derived from the point load solution of Lamb’s problem
that represents the displacement of a surface acoustic wave generated by an ablative line array. The
distribution function, which was used for the model to represent the laser light energy, was tailored
to depict the actual energy distribution that illuminates the lenticular array. Filtering functions are
applied to the resultant surface displacement function to retain frequencies similar to those detected
by the broadband 50 kHz–2.25 MHz receiver. The theoretical model showed good agreement with
experimental results. ©2003 Acoustical Society of America.@DOI: 10.1121/1.1529664#

PACS numbers: 43.35.Sx, 43.38.Yn, 43.20.Rz@YHB#

I. INTRODUCTION

In recent years, a growing number of researchers have
combined air-coupled detection with laser generation of
acoustic signals.1–4 This hybrid technique provides a very
flexible and simple method for a noncontact and remote gen-
eration and detection of ultrasound. While the frequencies of
remote air-coupled detectors are limited to less than 3 MHz,
those of a laser-generated acoustic signal are inversely pro-
portional to the laser pulse width and can extend beyond 100
MHz. To obtain a laser-generated signal with a narrow band
range of frequencies, investigators have used spatial arrays
illumination sources produced by several means, including
the use of lenticular arrays,5 optical diffraction gratings,6

multiple lasers,7 interference patterns,8–11 and shadow
mask.12,13 While the use of a shadow mask has been shown
to be effective and easy to use, a substantial amount of the
laser light energy is masked out, leaving less than 50% to
deposit on the surface of the material.14 In this paper, a len-
ticular array was used to illuminate the surface of an alumi-
num specimen with a multiple line light array. This was
achieved by trimming high-power cylindrical lenses to the
appropriate size in order to produce the desired laser source
geometry. The advantage of this technique is that, except for
minor losses associated with the optical properties of the
lenses, all of the laser light energy is available for the gen-
eration of the acoustic signal. A simplified concept is pre-
sented first, followed by the experimental results, and then
the theoretical solution. To the best of our knowledge, no
theoretical model has been presented in the past, which de-

scribes the effect of ‘‘ablative’’ laser source multiplane illu-
mination geometry on the frequency content of the resultant
surface acoustic wave.

II. SIMPLIFIED CONCEPT

Consider a laser light line array shown in Fig. 1, where
w and 2h are the width and length of each line, respectively,
andd is the spacing between lines. A surface acoustic wave
generated with a laser light focused to a single point may be
represented by a simplified triangular wave, as shown in Fig.
2~a!. The frequency of the generated signal is the reciprocal
of Dt1 , which is a function of the laser pulse width, shape,
and the physical properties of the material. For light pulse
geometry of a finite width and length, such as a line, there is
an infinitesimal delay between the elements that comprise
the illuminated region. A continuous train of signals will ar-
rive between the first and last arrivals, which propagate a
distance ofR0 andR1 , respectively, as shown in Fig. 1. Each
element generates a signal similar to that in Fig. 2~a! so that
the sum of the signals of these elements is shown in Fig.
2~b!. The frequency content of the signal in Fig. 2~b! is dif-
ferent from that in Fig. 2~a!, as a result of the difference
betweenDt1 and Dt2 . This difference, in the time domain,
may be calculated from (R12R0)/CR, whereCR is the ve-
locity of the Rayleigh or surface acoustic wave. In the case
of a line array, the signal shown in Fig. 2~b! is repeated at
intervals corresponding to the spacing between lines~d! and
the number of lines~N!. Three fundamental frequencies
emerge from this arrangement, which are the reciprocals of
Dt2 , Dt3 , andDt4 , as shown in Fig. 2~c!. A line array of
only two elements was considered in Fig. 2~c! to avoid re-
dundancy. The difference betweenDt4 and Dt2 is directly

a!Electronic mail: shant@jhu.edu
b!Electronic mail: boro@jhu.edu
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related to the separation distance between the lines~d!. Fur-
ther enhancement of the frequency may be obtained upon
increasing the width of the lines~w! while maintaining a
constantd. Whenw5d/2 the peaks and troughs of the gen-
erated acoustic signal are equally spaced andDt35Dt2 .

During an actual experiment, by reason of the thermal
and optical absorption properties of the material, the result-
ant surface acoustic wave generated by a laser pulse is not
symmetric. Therefore, complete cancellation between the
positive and negative surface displacement components, as
shown in Fig. 2~b!, does not occur. Furthermore, the energy
distribution of the laser light across the four elements of the
line array is not uniform. It is usually approximated with a
Gaussian distribution. In addition, the illumination of the
four rectangular lenses covered by the circular cross section
of the laser beam is not identical in surface area or intensity.

III. EXPERIMENT

A cylindrical lens with 38 mm focal length was trimmed
to 3 mm width and cut to four pieces to produce a four-
element lenticular array with spacing ofd53 mm. Increas-
ing the number of elements in a line array narrows the band-
width of a laser-generated signal. Distributing light over
more elements reduces the intensity of the laser pulse per
line. Lanza di Scaleaet al.14 have shown that the optimum

number of lines, to maintain a strong narrow band signal,
was four. Very little reduction in the bandwidth is obtained
for an array with more than four lines, while the intensity of
the signal continues to decrease. With a Rayleigh velocity of
2.91 mm/ms in aluminum, the 3 mm separation between lines
corresponds to an approximate frequency of 1 MHz.

A Q-switch Nd:YAG infrared~IR! pulsed laser was used
to generate the surface acoustic wave signals. The laser op-
erates at a wavelength of 1064 nm providing a pulse width of
4–7 ns and 6 mm beam diameter. Laser light energy is ad-
justable between 40 and 400 mJ. The laser light was deliv-
ered through a set of mirrors, a diverging lens, and then
impinged on the surface of the specimen through the four-
element lenticular array. The length and width of each ele-
ment in the laser light line array depends on the focal length
of the array elements and the standoff distance between the
array and the specimen.

A capacitive air-coupled receiver,15 capable of detecting
frequencies between 50 kHz and 2.25 MHz, was positioned
such that the signal propagated a total distance of 70 mm
along the surface of the aluminum specimen and 5 mm in air
before reaching the detector.

The width of the illumination line on the surface of the
specimen depends on the focal point of the lenticular array
and the distance between the specimen and the array. To
obtain different ratios between the surface areas of the illu-
minated and dark regions, the specimen was brought in and
out of focus with respect to the focal point of the lenticular
array. The resultant signal will be referred to asin focus, for
narrow illumination lines, andout of focus, for broad lines.
Figure 3 shows the photo image of the laser pulse, the acous-
tic waveforms, and the frequency content of the detected
signal for both in-focus and out-of-focusconditions. The
photo image of the illuminated region was recorded by ap-
plying the laser pulse to a laser alignment paper. These im-
age imprints give a good indication of the illuminated region
but do not provide the intensity or energy distribution of the
laser pulse. Each narrow line projected by thein-focusfour-
element array produced an acoustic signal waveform similar
to that shown in the simplified representation in Fig. 2~b!. As
shown in Fig. 3, the frequency of thein-focussignal is dis-
tributed between three peaks, as anticipated earlier from the
condition described in Fig. 2~c!. These peaks were centered
near 0.8, 1.3, and 2.0 MHz, corresponding toDt2 , Dt3 , and
Dt4 of 0.5, 0.75, and 1.3ms, respectively. As the lenticular
array was brought out of focus, the lines became wider and
the spacing between them became smaller. An optimum fre-
quency was attained when the illumination line width was
approximately half the spacing between lines. The ultrasonic
frequency generated by theout-of-focusillumination array
source was centered along one frequency peak, near 0.8
MHz, which corresponds toDt35Dt251.25ms.

IV. THEORETICAL APPROACH

In 1989, McKie et al.5 developed a model in order to
help predict the nature of a generated acoustic signal, which
would arise as a result of varying the pulse duration of a
laser-generated line array. Although the model was applied to
both thermoelastic and ablative regimes, the model was built

FIG. 1. Schematic representation of a laser line array illuminated region
with respect to a detector.

FIG. 2. Simplified graphic representation of a surface acoustic waveform
signal obtained from~a! a laser point source~b! laser line source, and~c!
laser line array source.
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based on equations developed by Rose16 for a point source in
the thermoelastic regime. Nevertheless, the model was con-
cerned with bulk modes rather than surface waves. In 1992,
Huang et al.6 provided a brief theoretical principle of
narrow-band signal generation using a laser line array source
in the thermoelastic regime. They demonstrated that the gen-
eration of narrow-band surface waves can be controlled by
adjusting the line array parameters. In 1996, Mouradet al.17

provides a solution for an acoustic wave generated by a tran-
sient line source in an anisotropic cubic system of symmetry.
Doyle et al. in 1996,18 and Royeret al. in 2000,19 developed
displacement relationships of a Rayleigh wave generated
from a laser line source in the thermoelastic regime.

In the present work, the generation of a surface acoustic
wave using an ablative laser line array source is modeled
from Achenbach’s solutions to Lamb’s problem.20

Achenbach21 presents a solution for a normal point load on a
half-space and derives a time–distance-dependent relation-
ship between the magnitude of the applied load and the sur-
face displacement of the longitudinal, transverse, and Ray-
leigh waves. For a given load magnitude and a fixed
separation distance between the source and the detector, this
relationship becomes a function of only time, and will be
denoted withw(t) in this text. This relationship is plotted in
Fig. 4 for an arbitrary load magnitude and 70 mm propaga-
tion distance in aluminum.

A. Pulse energy distribution function

As mentioned earlier, the laser beam intensity profile is
usually approximated with a Gaussian distribution, given in
Eq. ~1!, where sx and mx are the standard deviation and
mean of the intensity distribution along thex direction and
are given the valuesD/6 andD/2, respectively,

F~x!5
1

sxA2p
expS 2

1

2sx
2 ~x2mx!

2D , ~1!

whereD is the width of the lenticular array, which is equal to
Nd. D is also considered to be the diameter of the laser beam
that illuminates the surface of the lenticular array, as shown
in Fig. 5. The lenses then focus the laser light toN distinct
lines on the surface of the specimen. The width of these lines
w is directly related to the ratio between the specimen-to-lens
standoff distance and the focal length of the lens. This ratio
will be referred to as the focal factorRf , whereRf is as-
sumed to be 0 at the focal point and 1 when the lenses are in
direct contact with the illuminated surface. For the cylindri-
cal lenses used in this experiment, the minimum line width

FIG. 3. Laser pulse illumination image~top!, resultant waveforms~middle!,
and frequency content~bottom! of a four-element laser line array incident on
an aluminum specimen. Narrow illumination lines~left! representin-focus
condition. Broad lines~right! representout-of-focuscondition.

FIG. 4. Vertical displacement at the free surface for a normal point load on
a half-space according to Achenbach~Ref. 21!. L denotes the arrival time of
the longitudinal wave, T of the transverse wave, and R of the Rayleigh
wave.

FIG. 5. Geometry of a four-element lenticular array with respect to the
illuminated region showing the coordinate system and nomenclature used in
this paper.
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of the laser light measured at the focal point was one-tenth
that of the original source. Therefore, a focal factor ofRf

50.1 is assumed for thein-focus condition. If N was the
number of lenses in the lenticular array andD was the total
width of the array thenw is expressed by Eq.~2!.

w5
DRf

N
5dRf . ~2!

Using a Heaviside step function, the distribution function
F(x) is spatially divided amongN lenses. The distribution
function for each elementi, wherei 51¯N, is represented
by Fi(x) in Eq. ~3!, HereF(x) is given by Eq.~1! andH is
the Heaviside step function, such that

H~x2a!5H 0, if x,a,

1 if x.a.
~3!

Equation ~3! is an expression of a Gaussian distribution,
along thex direction, divided intoN elements to represent
the distribution of the energy of a laser light illuminatingN,

Fi~x!5F~x!H„x2~ i 21!w…H~ iw2x! ~4!

elements of the lenticular array. Upon projecting the light
from the array onto the surface of the specimen, the width of
the illuminated region is reduced by a factor equal toRf .
This factor was introduced into Eq.~3! throughw, which is a
function of Rf , as shown by Eq.~2!. However, these ele-
ments have not yet been separated by a distanced, as shown
in Fig. 1, so that they may truly represent anN-element line
source illuminating the surface of the specimen. To do so, the
lines need to be shifted by a value ofdx, along thex direc-
tion. The value ofdx is given by Eq.~5!. The resultant dis-
tribution function for each lineGi(x) is given by Eq.~6! and
for the whole arrayG(x) by Eq. ~7!, whereAi is a factor
representing the surface area fraction of laser light illuminat-
ing the i th lens:

dxi5
D

2N
~2i 212Rf !, ~5!

Gi~x!5Fi~x2dxi !, ~6!

G~x!5(
i

N

Gi~x!Ai . ~7!

A second distribution functionG(x,y) needs to be consid-
ered to represent the distribution of the laser pulse energy
along they direction. Equation~8! gives the expression of a
Gaussian distribution function, wheresy andmy are the stan-
dard deviation and mean of the laser light intensity distribu-
tion along they direction, respectively. In this case, while the
mean is always zero, Eq.~9!, the standard deviation has a
value of one-third the height of the illuminated region in the
y direction for any given value ofx, Eq. ~10!. The resultant
function for a four-element line array along they50 direc-
tion and forRf50.1 is shown in Fig. 6:

G~x,y!5
1

syA2p
expS 2

1

2sy
2 ~y2my!2D , ~8!

m50, ~9!

sy5
A2rx2x2

3
. ~10!

B. Point pulse solution

As mentioned earlier, Achenbach’s point load surface
vertical displacement relationship will be treated as a func-
tion of only timez(t). To obtain the equivalent vertical sur-
face displacement relationship for a point pulse instead of a
point load, the time derivative ofz(t) needs to be taken. This
is carried out under the assumption that the duration of a
laser pulse is infinitesimal, which is a reasonable assumption
considering the 4–7 ns pulse duration of a Q-switch laser in
contrast with a permanently applied load considered byz(t).
However, a mathematical artificial singularity is encountered
upon the arrival of the Rayleigh wave as a result of the2`
to 1` slope change shown in Fig. 4. This is explained by the
fact that only first-order elastic constants were considered in
Achenbach’s solution to the vertical surface displacement
caused by a point load. Therefore, to take the time derivative
of z(t), a Fourier transform is taken, Eq.~11!, and the deri-
vation is carried out in the frequency domain, Eq.~12!,
whereF is the Fourier transform function and Re and Im are
the real and imaginary components, respectively. Before in-
verse Fourier transforming the signal back to the time do-
main, the output of Eq.~12! is multiplied by the frequency
content of the generating laser pulseL( f ), as shown in Eq.
~13!. Therefore,L( f ) serves as a bandpass function that re-
tains only the frequencies generated by the laser pulse. All
frequencies higher than those generated by the ablating laser,
including those responsible for the singularity, are eliminated
and a realistic waveform is obtained:

Z~ f !5F@z~ t !#, ~11!

Z8~ f !5@Re„Z~ f !…1 i Im„Z~ f !…#* 2p f , ~12!

Up~ t !5z8~ t !5F21@Z8~ f !* L~ f !#. ~13!

In the preceding equations, the prime superscripts are to
indicate time derivatives. The resultant vertical displacement
is given a new symbolU(t) with a subscript ‘‘p’’ to indicate
that the displacement is that of a point load. The frequency
content of the resultant displacement, shown in Fig. 7, is

FIG. 6. Laser energy distribution function on the surface of the specimen
along they50 direction, for focal factorRf50.1, andN54.
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very high, as it pertains to an infinitesimal point pulse. In
experiment, however, the ablated region has a finite dimen-
sion and the frequency of the generated signals is lowered as
a result. Further filtering will be necessary, to match the de-
tector characteristics, before the final signal is obtained.

C. Line array pulse

Consider the~x, y! coordinate system shown in Fig. 5
and the distanceR0 shown in Fig. 1. The surface vertical
displacement generated by a line array pulse is computed by
simple superposition of the vertical displacementsUp(t),
shown in Fig. 7, arising from all the points comprising the
line array. Each displacement component is multiplied by the
laser light intensity distribution functions in thex and y di-
rections, given by Eqs.~7! and ~8!, to represent the strength
of the signal generated at each point in the line array. The
result is given by Eq.~14!. The subscript ‘‘la’’ is used to
indicate that the displacement is that of a line array. Because
of the symmetry along they50 line, the signals generated
from (x,1y) and (x,2y) are identical to the detector.
Therefore, only the1y direction was considered in the equa-
tions leading to Eq.~14! and a factor of 2 was introduced to
compensate for the2y direction. The distanceR an acoustic
signal propagates from any point to the detector is expressed
as a function ofR0 and the~x, y! coordinates within the
illuminated region, as shown in Fig. 5, whereR0 is distance
between the array and the detector, as shown in Fig. 1. The
relationship is given by Eq.~15!. The arrival time of the
signal is expressed in terms of the propagation distanceR
and the Rayleigh wave velocityCR , Eq. ~16!, which would
effectively make the vertical displacementsU la(t), given by
Eq. ~14!, a function ofR.

V. RESULTS

Equation ~14! yields the surface displacement of an
acoustic wave generated by anN-element laser line array
source operating in the ablative regime. Here, the variableN
is built-in within the distribution functionG(x). The results

for a four-element line array are shown in Fig. 8. Two focal
factor Rf values were considered, 0.1 for anin-focus ~nar-
row! and 0.5 for anout-of-focus~broad! line array source, as
shown in Fig. 3. Although the frequency content shown in
Fig. 8 agree very well with that shown in Fig. 3, the wave-
forms agreed to a lesser extent. This may be attributed to two
factors. The first is that the frequency of the detected signal
was bound between a 0.3 MHz lower limit set by

U la~ t !5(
x

(
y

2Up~ t !G~x!G~x,y!, ~14!

R5A~R01x!21y2, ~15!

t5
R

CR
, ~16!

the high-pass filter and 2.25 MHz upper limit corresponding
to the detection limit of the capacitive air-coupled transducer.
A bandpass filter is applied to the waveforms shown in Fig. 8
accordingly and the results are shown in Fig. 9. The second
factor is that the model considered a laser beam of a Gauss-
ian energy distribution with a diameter equal to the width of
the lenticular array, 2r 5D, as shown in Fig. 5. The energy
distribution at the extremities of the Gaussian distribution is
very low. At these low-energy levels, below the threshold of
ablation, the generation condition transitions to the ther-
moelastic regime and produces a very weak acoustic signal.

FIG. 7. Vertical displacement at the free surface for a normal point pulse
load on a half-space. L denotes the arrival time of the longitudinal wave, T
of the transverse wave, and R of the Rayleigh wave.

FIG. 8. Waveforms~top! and frequency content~bottom! of a four-element
line array based on the model presented by Eq.~13!. Two values of the focal
factor Rf were considered,Rf50.1 ~left! for the in-focus condition andRf

50.5 ~right! for the out-of-focus condition.

FIG. 9. Resultant waveforms upon applying a bandpass filter to waveforms
shown in Fig. 8 retaining frequencies between 0.3 and 2.25 MHz.
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The signal is further weakened at the extreme ends of the
distribution. To produce a viable signal, such as that shown
in Fig. 3, the 12 mm lenticular array is illuminated with a 14
mm laser beam diameter. This affects not only the energy
distribution along the four-element lenticular array but also
the surface area fraction of laser light illuminating each lens,
Ai . Figure 10 shows the waveforms obtained upon applying
a 14 mm laser beam to a 12 mm lenticular array to emulate
the conditions of the experimental results shown in Fig. 3.

VI. CONCLUSION

A mathematical model was constructed to represent the
surface displacement of a laser line array as an acoustic
source, working in the ablative regime. The model was tested
on a four-element lenticular array, each lens 3 mm wide,
illuminated by a laser pulse 14 mm in diameter. Good agree-
ment was found between the frequency content of the acous-
tic signal obtained experimentally, Fig. 3, and that produced
by the model, Fig. 8. The relative magnitudes and the centers
of the frequency peaks agree very well for both ‘‘in-focus’’
and ‘‘out-of-focus’’ conditions. After applying a bandpass fil-
ter to the model and retaining only the frequencies within the
detection range of the receiver, the resultant waveforms, Fig.
10, showed reasonable agreement with experiment, Fig. 3. In
the ‘‘out-of-focus’’ condition, the waveforms agreed in their
time of flight ~TOF! and sinusoidal shape of the wave. How-
ever, the waveforms of the ‘‘in-focus’’ condition agreed to a
lesser extent. Although they agreed in their TOF and pulse-
like shape of these waves, the amplitudes of the positive half
of the waveforms differed between model and experiment.
The actual signal shape is influenced by a number of factors.
Although the energy distribution of a 14 mm diameter pulse
to a 12 mm lenticular array was compensated for, the actual
distribution of the laser energy is not necessarily Gaussian.
Slight misalignments in the optical components can affect
the laser illumination of each lens and have a noticeable
effect on the ultrasonic signal. The model did not take into
account the thermoelastic signal because it is very weak
when compared to the ablative signal. Filtering functions
were found to have a great influence on the resultant wave-
form. A Gaussian function was assumed for this model, as it
most closely represents the response of the detector.
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Derivation of an optimal directivity pattern for sweet spot
widening in stereo sound reproduction
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In this paper the correction of the degradation of the stereophonic illusion during sound reproduction
due to off-center listening is investigated. The main idea is that the directivity pattern of a
loudspeaker array should have a well-defined shape such that a good stereo reproduction is achieved
in a large listening area. Therefore, a mathematical description to derive an optimal directivity
pattern,opt that achieves sweet spot widening in a large listening area for stereophonic sound
applications is described. This optimal directivity pattern is based on parametrized time/intensity
trading data coming from psycho-acoustic experiments within a wide listening area. After the study,
the required digital FIR filters are determined by means of a least-squares optimization method for
a given stereo base setup~two pair of drivers for the loudspeaker arrays and 2.5-m distance between
loudspeakers!, which radiate sound in a broad range of listening positions in accordance with the
derived,opt. Informal listening tests have shown that the,opt worked as predicted by the theoretical
simulations. They also demonstrated the correct central sound localization for speech and music for
a number of listening positions. This application is referred to as ‘‘Position-Independent (PI)
stereo.’’ © 2003 Acoustical Society of America.@DOI: 10.1121/1.1527928#

PACS numbers: 43.38.Ar, 43.38.Hz, 43.38.Vk@SLE#

I. INTRODUCTION

This paper presents a mathematical derivation of a loud-
speaker array to achieve correct localization for stereophonic
sound reproduction in a wide listening area. An ideal stereo-
phonic sound reproduction system is one which is capable of
reconstructing the wavefront from a given sound scene in an
exact form over a region in space occupied by the head of a
listener. The use of two spatially separated loudspeakers im-
poses restrictions on the ability of stereophony to reconstruct
the correct acoustic field so that a sharp image can be per-
ceived. Such a system can provide a well-defined image for a
centrally located listener mainly at low frequencies, depend-
ing on the geometrical displacement of the speakers relative
to the listener~Blumlein, 1958!.

The basis of stereophony is the ability to createphantom
sources. It is known that the brain locates a monophonic
signal originated from a single source by comparing the dif-
ferences in the arrival time and intensity of that signal at
each ear. If the same monophonic signal is played through
two loudspeakers on either side of the listener, then the
sound seems to appear from midway between the two loud-
speakers since the traveling time of the signal arriving at
each ear is the same. This is called a phantom~or virtual!
source~Blumlein, 1958; Makita, 1962; Blauert, 1983!. In the
present work we will discuss how to enlarge the region
within which the image remains reasonably free~Bauer,
1960; Crabbe, 1979!. We consider only image localization in
the horizontal plane since we are primarily interested in ste-
reo sound reproduction.

In general, it can be stated that correct localization
within a wide listening area is beneficial for all applications
where a good stereophonic sound is required: audio, video,
or car stereo. The idea of achieving an increase in the sweet
spot area in a stereophonic setup has been recently intro-
duced and studied at the Philips Research Labs in Eindhoven
and the stereo sound system has been called ‘‘Position-
Independent (PI) stereo~Rodenas and Aarts, 2001a, b; Aarts,
1992!. The main idea is that the directivity pattern of a loud-
speaker array should have a well-defined shape such that a
good stereo sound reproduction is achieved in a large listen-
ing area. Optimal digital filters are then designed and applied
to individual drivers of linear loudspeaker arrays in order to
obtain a directivity pattern of a specific shape. This shape has
to be adapted to the time/intensity trading mechanism of the
human auditory system via psycho-acoustic experiments
within a wide listening area~Aarts, 1992!.

The goal here is to derive an optimal directivity pattern
,opt for the PI-stereo system, which is based on parametrized
time/intensity trading data, and then to find, by means of an
optimization process, the corresponding FIR filter coeffi-
cients that achieve this optimal directivity pattern. It has
been proved that an optimal directivity pattern for a loud-
speaker can be realized by using an array of drivers posi-
tioned at a specific distance from each other~Bauer, 1960;
Kates, 1980; Davis, 1987!. In our case we used the param-
etrized time/intensity trading data. Hence, achieving a prac-
tical design for PI-stereo sound reproduction, which is a pair
of loudspeaker cabinets each equipped with a pair of drivers,
which are separated at a given distance to achieve two fre-
quency ranges~high and mid!, so as to obtain the desired
optimal directivity pattern.

We start first, in Sec. II, describing the limitation of
having a sweet spot and the need to improve the stereo-

a!Currently with Hewlett-Packard, Avda. Graells 501, 08190 Sant Cugat,
Spain. Electronic mail: josep_rodenas@hp.com

b!Author to whom correspondence should be addressed. Electronic mail:
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phonic sound reproduction system. Section III describes the
human auditory localization, since it is the sound field as
perceived by the listener that determines the apparent phan-
tom source. In Sec. IV we introduce briefly the PI-stereo
system. Then, in Sec. V, we present the mathematical de-
scription to obtain the optimal directivity pattern that gives
the best localization performance. We also describe the opti-
mization method to derive the required FIR filter coefficients
to drive the loudspeaker cabinets. Later, in Sec. VI, we
present the time, frequency, and polar responses of the opti-
mal FIR filters for a practical implementation of two drivers
for the loudspeaker arrays. In Sec. VII we present the mea-
sured directivity patterns in an anechoic room. Some prelimi-
nary listening tests and discussion on the performance of the
implemented PI-stereo system will be described in Sec. VIII.
Finally, the main conclusions will be summarized in Sec. IX.

II. SWEET SPOT LIMITATION

Generally it is considered as a serious artifact of the
traditional stereo system that the stereophonic illusion works
only in a limited region. Optimum stereo perception only
occurs if the listener is placed exactly in the median plane
between the two loudspeakers~sweet spot!.

One reason that there is a sweet spot is that in two-
loudspeaker reproduction, the signals at the listener’s ears
are formed by the interference of acoustic waves emanating
from the loudspeakers. With two loudspeakers, the field can
be controlled precisely at only two points~unless unusual
acoustical conditions exist, such as the presence of resonant
structures!. For the present application, those points are at
the listener’s ears. If the listener moves his head so that the
ears are no longer at the designated positions, sound image
distortion will appear, caused by unintended signals created
by unanticipated interference. Primary causes of the chang-
ing interference are differing times of arrival due to differing
loudspeaker listener distances, amplitude variations of the
impinging waves due to these same varying distances~aggra-
vated by the listener sitting close to the loudspeakers!, and
uncompensated secondary reflections~improved by the lis-
tener sitting close to the loudspeakers! ~Leakey, 1960; Jor-
dan, 1971; Lipshitz, 1986!.

These problems are illustrated with one example as
shown in Fig. 1. The localization performance of a listener
using a conventional stereo setup can be quite poor for a
listener positioned off-center. Consider a center-front soloist,
or, equivalently, assume that the two loudspeakers are radi-
ating exactly the same sound pressure precisely in phase.
When the listener is equidistant from the two loudspeakers,
the apparent phantom source is perceived to be centered be-
tween the loudspeakers. This is illustrated in the figure,
whereL0 is the centered listener andI 0 is the intended cen-
tered image. As the listener moves to the right, the perceived
image also moves to the right. This is shown by the succes-
sion of perceived imagesI 1 throughI 4 , which correspond to
listener positionsL1 throughL4 . Finally, at listener position
L4 , what is intended to be a centered image is perceived
instead as coming from the right loudspeaker.

Thus, if the head is moved laterally, the sound rapidly
seems to come from the nearest loudspeaker only. As pointed
out, this is mainly because of two additional effects: the in-
tensity of the nearest loudspeaker at the listener’s head is
highest, and its wavefront arrives earlier~law of the first
wavefront orprecedence effect! ~Blauert, 1983!.

III. AUDITORY LOCALIZATION

By comparing the signals at the ears, the brain is thought
to derive two primary psycho-acoustic cues that determine
the perceived horizontal position of a sound source. These
broad mechanisms involve the detection of timing or phase
differences between the ears~interaural time differencesor
ITDs!, and of amplitude or spectral differences between the
ears~interaural intensity differenceor IIDs!, which explains
all major phenomena of frequency-dependent localization
~Stevens and Newman, 1936; Leakey, 1959; Franssen, 1960!.
They are caused by the wave propagation time difference
~primarily below 1.5 kHz! and the shadowing effect of the
head~primarily above 1.5 kHz!, respectively.

The binaural system is mainly sensitive to IID cues for
frequencies above about 500 Hz. IID cues become large and
reliable for frequencies above 3000 Hz, making IID cues
most effective at high frequencies. In contrast, the binaural
system is capable of using ITD cues only at low frequencies,
below about 1500 Hz~Kates, 1980!.

We will use these binaural differences by employing the
phenomena oftime-intensity trading~the ability to compen-
sate for a left or right bias in the time of arrival by introduc-
ing a counterbias in amplitude! ~Franssen, 1960; Blauert,
1983; Aarts, 1992!. As the listener gets closer to one loud-
speaker and sounds arrives sooner, sound from the far loud-
speaker should become louder by a certain amount. This
means that the loudspeaker should radiate more loudly in
some directions than in others. In theory, if the pattern of
level as a function of angle is chosen properly, the imaging
will be rendered stable for listening positions in a wide lis-
tening area. This is actually the goal of the PI-stereo system,
and therefore we are now in a position to introduce the basis
of the PI-stereo sound system.

FIG. 1. Conventional arrangement of loudspeakers exhibiting the apparent
motion of the phantom sound imageI n for several listener positionsLn .
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IV. THE POSITION-INDEPENDENT STEREO SYSTEM

The current PI-stereo system is basically composed of
two loudspeaker arrays, each fitted into a single cabinet, to-
gether with an optimal directivity pattern which has been
designed such that a good stereo sound reproduction is
achieved in a large listening area~Rodenas and Aarts, 2001a,
b!. A standard listening setup for PI-stereo sound reproduc-
tion is shown in Fig. 2.

The main idea here is the following: if the listener
moves to the left position~A!, the sound intensity from the
right loudspeaker increases at the listener’s position, while
that of the left loudspeaker decreases in such a way that this
intensity difference compensates the time arrival difference
from both loudspeakers. Thus, the phantom source remains
in the middle. This can also be seen as a sort of automatic
balance control depending on the position of the listener.
However, the PI-stereo system we propose here is passive
and does not depend on the position of the listener.

In order to calculate the required directivity pattern, that
is the amount of intensity level compensation required for
the loudspeakers, listening tests in an anechoic room were
conducted~Aarts, 1992!. During these tests, the differences
in intensity levels between right and left loudspeakers
needed to obtain a central sound image for several listening
positions were measured~see Fig. 3!. From these experi-
ments, which were done by using broadband signals, the
required differences for the sound-pressure values at differ-
ent angles for the loudspeakers were determined and thus the
time/intensity trading data.

In the next section, we will introduce the approach con-
sisting of a mathematical derivation, which is based on pa-
rametrized time/intensity trading plots, to derive an optimal
directivity pattern,opt for the loudspeaker array and, conse-
quently, to obtain the optimal FIR filter coefficients for a
specific stereo sound reproduction setup consisting of two

drivers for each of the loudspeaker arrays that are separated
by a distance of 2.5 m.

V. MATHEMATICAL DERIVATION

A. Definition of the problem

We wish to find the optimal directivity pattern,opt that
achieves a correct sound localization~robust PI-stereo effect!
in a wide listening area for a specific stereo base distance.
The PI-stereo problem is considered to be symmetrical and it
can be described in the setup shown in Fig. 4.

The sound pressurespL and pR at a given points
5(r ,u) due to the left and right loudspeaker arrays, respec-
tively, are given by

pL~VL ,u,r L!5
e2 ivr L/c

r L
(

m52M

M

xL,meimVL, ~1!

pR~VR ,u,r R!5
e2 ivr R/c

r R
(

m52M

M

xR,meimVR, ~2!

whereu is the angle of observation,d is the distance between
the drivers in each loudspeaker array~1 cm,d,10 cm!, D
is the distance between the centers of the two loudspeaker
arrays ~1 m,D,5 m!, VL5vd sin wL /c with 0,wL

,p/4 and VR5vd sin wR /c with 0,wR,p/4, v is the
angular frequency of the sound withpc/10d<v<pc/d, r is
the distance from the origin to the observation points
5(r ,u), r L is the distance from the center of the left loud-
speaker array tos and r R is the distance from the center of
the right loudspeaker array tos, c is the velocity of sound
(c5343 m/s!, xL,m is the complex coefficient for themth

FIG. 2. Optimal listening area for PI-stereo sound reproduction.

FIG. 3. Time/intensity trading results from the experiments in comparison
with other experiments from the literature@after Aarts~1992!#.
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driver of the left loudspeaker array andxR,m is the complex
coefficient for themth driver of the right loudspeaker array
with ux$L

R% ,mu<1, xPC, and N52M11 is the number of
drivers in each loudspeaker array, with the constraintsd!r
andd!D. In this caseN is odd; however, for the caseN is
even we arrive at similar formulas and we will useN52 as
an example in Sec. VII.

The sound pressure at points due to both loudspeaker
arrays is

ps5pL1pR . ~3!

We want to determinex$R
L %,m(v) such that

E
A
e2~r ,u,xL ,xR!w~r ,u!dA ~4!

is minimal, whereA is the listening area,w(r ,u) is a weight
function, the error

e5DL2 f ~DT!, ~5!

andDL520 logupR /pLu . The parametrized functionf (DL)
is depicted in Fig. 5 and it is based on time/intensity trading

experiments as given in Fig. 3. This function has the follow-
ing form:

f ~DT!5H a1DT for 0<DT<t1

a2~DT2t1!1 f ~ t1! for DT.t1
, ~6!

where f (2DT)52 f (DT), DT5(r R2r L)/c, and t1 is in
ms,a1 anda2 are in dB/ms.

B. Solution of the problem

We fix vP@pc/10d,pc/d#. When solving the described
problem we consider the geometrical description shown in
Fig. 6. We should then deal with the symmetrical setup, in
which a given sound pressureF is

F~r L ,wL!5pL~V,u,r ! and F~r R ,wR!5pR~V,u,r !, ~7!

where

FIG. 4. Setup for the mathematical derivation of robust
PI-stereo.

FIG. 5. Parametrization of the time/intensity trading data. FIG. 6. Trigonometrical geometry for solving the mathematical derivation.
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F~r ,w!5
e2 ivr /c

r
(
m

xme~ imvd sin w!/c. ~8!

We set

G~z!5U(
m

xme~ imzd!/cU, ~9!

so that

uF~r ,w!u5
G~v sin w!

r
. ~10!

The distance termr in Eq. ~10! compensates for the
intensity difference causes by the corresponding pathlength
to the observation points. These distances are already incor-
porated in the experimental data on the time/intensity trad-
ing. Since we are interested in finding only the optimal di-
rectivity pattern at the left and right loudspeaker arrays, we
should not now include this term in the derivation. Then, Eq.
~10! becomes:

uF~w!u5G~v sin w!. ~11!

Therefore, as previously described in Eq.~5!, our objec-
tive is to minimize the average value of

e2~wL ,wR!5U20 logUF~wR!

F~wL!
U2 f S r R2r L

c
D U2

, ~12!

while maximizing the total average power. Note that the
right-hand side of Eq.~12! is invariant with respect to mul-
tiplication of F by a constant. Hence, one should aim to find
anF that minimizes Eq.~12! such that maxmuxmu51 in order
to maximize power.

We note that the errore in Eq. ~12! is just a function of
wL , wR , and the distancesr R andr L being determined bywL

andwR . We can eliminater R and r L by expressing them in
terms ofwL and wR by using thesine ruleas follows ~see
also Fig. 6!:

sin~p/22wL!

r R

5
sin~p/22wR!

r L

5
sin~wL1wR!

D
, ~13!

so that

r L5
D coswR

sin~wL1wR!
; r R5

D coswL

sin~wL1wR!
. ~14!

Consequently, we have

r R2r L5
D~coswL2coswR!

sin~wL1wR!
5

D sin1/2~wR2wL!

cos1/2~wR1wL!
. ~15!

Hence, the errore is given by

e2~wL ,wR!5U20 log G~v sin wR!220 log G~v sin wL!

2 f S D sin1/2~wR2wL!

c cos1/2~wR1wL!
D U2

. ~16!

We now let

,~w!520 log G~v sin w!, ~17!

and

h~w,c!5 f S D sin1/2~w2c!

c cos1/2~w1c!
D ~18!

for 0<w, c<p/2. Sincef is odd, we have

h~w,c!52h~c,w!. ~19!

We then seek to minimize the average value of

u,~w!2,~c!2h~w,c!u2, with w5wR ,c5wL ~20!

over all square integrable functions, ~with respect to the
weight functionw). Having found this,opt, we must find
the coefficientsxm as in Eq.~9! such that the average value
of

u,~w!220 log G~v sin w!u2 ~21!

is minimal.
In order to minimize the average value of Eq.~20!, we

introduce a weight function of the form

W~w,c!5w~w!w~c!, 0<w,c<p/2 ~22!

with w(w) a bounded, non-negative function ofwP@0,p/2#,
and we seek to minimize

E
0

p/2E
0

p/2

u,~w!2,~c!2h~w,c!u2W~w,c!dw dc ~23!

over all square integrable functions,. The restriction toW of
the particular form in Eq.~22! is made to facilitate the de-
velopments in the Appendix. Since the functional, as given
by Eq.~23!, depends on, through the difference,~w!2,~c!,
so that adding a constant to, yields the same value, we
require that

E
0

p/2

,~w!w~w!dw50. ~24!

In the Appendix we show that the minimizing,5,opt is
given by

,opt~w!5
1

CE0

p/2

h~w,c!w~c!dc, ~25!

where

C5E
0

p/2

w~w!dw. ~26!

Furthermore, we show in the Appendix that the evalua-
tion of the integral on the right-hand side of Eq.~25! with h
given in Eq.~18! can be done according to

E
0

p/2

h~w,c!w~c!dc

52 coswE
21

tan 1/2w

f S D

c
xD

3
w~w2arctan„x cosw/~12x sin w!…!

122x sin w1x2
dx, ~27!
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where 0<w<p/2. With f a piecewise linear function as in Eq.
~6! and w a piecewise constant function as, for instance, in
Fig. 7, the evaluation of,opt reduces to applying the appro-
priate analytic formulas for integrals involving low-degree
rational integrands.

The function,opt found above is, in general, not of the
special form as in Eq.~17! with aG as given in Eq.~9! where
we use the coefficientsxm . Hence, we describe the approach
to derive thexm used in Eq.~9! in the next section.

C. Optimization to find the optimal filter coefficients
x m

To find the required FIR filter coefficientsxm we use a
least-squares optimizationmethod ~Marquardt, 1963; Den-
nis, 1977! such that

2CE
0

p/2U20 logU(
m

x̂m~v!e~ imv sin w!/cU2,opt~w!U2

w~w!dw

~28!

is minimal. Note here that the coefficientsx̂m(v) depend on
the frequencyv. The optimalxm are then found as

xm5Sx̂m , ~29!

wherem is the driver index and the scaling constantS is such
that maxmPRuxm,optu51.

D. Simulation results

We show here some simulations for the optimal direc-
tivity pattern,opt obtained from the computation of Eq.~25!.
Figure 7 shows the type of weight function used in this study.
This function depends on three weights (w1 , w2 , andw3) at
given angles (w1 and w2). In this case we chose:w15w2

50 andw351 at anglesw1524.35° andw2537.25°. This
choice emphasizes the middle angles~in relation to the work-
ing region 0°–60°! over the extreme angles.

Figure 8 shows the results from the simulations for,opt

for several stereo base distances going from 1 to 2.5 m for
angles in the working region~0°–60°! for PI-stereo. The
parametrized time/intensity trading parameters have been ob-
tained from the data plots~for stereo base distances of 2.5
and 1 m! coming from Aarts~1992!, and for the remaining

distances, some approximation curves were derived to esti-
mate the parameters. The stereo base distances used for the
simulations are presented in Table I.

Figure 9 shows the resulting time/intensity trading plots
obtained from the estimated,opt’s for the two stereo base
distances~1 and 2.5 m! compared with the time/intensity
trading plots given by Aarts~1992!. It can be seen that for
very small time differences~that is, for middle angles! the
approximation is quite good; however, for larger time differ-
ences the approximation becomes slightly worse. The reason
for these approximation errors in the time/intensity trading
data comes basically from the fact that we are trying to
achieve an optimal directivity pattern for a wide area, thus
giving an approximate optimal directivity pattern at all posi-
tions in the listening area. Since we have applied the weight
function at the intermediate angles, the approximation in this
region is better.

VI. OPTIMAL FIR FILTER RESPONSES

We have used the optimization method described in Sec.
V C to obtain the optimal FIR filtersxm which achieve the
derived optimal directivity pattern,opt using MATLAB . We
used the,opt previously found for a 2.5-m stereo base dis-
tance. We also usedN52 as a number of drivers for the left
and right loudspeaker arrays~we will refer to these drivers
from now on asA andB). It is important to note here that

FIG. 7. Weight function to emphasize the region over which the optimiza-
tion is carried out.

FIG. 8. ,opt’s in the working region~0°–60°! for several stereo base dis-
tances.

TABLE I. Stereo base distancesD and parametrized time/intensity trading
parameters (a1 , a2 , and t1) for the function given in Eq.~6! used in the
simulation of,opt .

Parametrizedf (DT)
Distance~m! a1 ~dB/ms! a2 ~dB/ms! t1 ~ms!

1 15.62 3.54 0.64
1.25 13 2.27 0.75
1.5 11.17 1.55 0.85
2 9.25 1.16 1
2.5 8 0.7 1
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since the processing of PI-stereo is split into two frequency
bands~200–2000 Hz for midrange and 2000–12 000 Hz for
high range!, the optimization has been computed for these
two frequency ranges~see Fig. 10!.

Figure 11 shows the results for the estimated FIR filters
for 40 coefficients. Figure 11~a! shows the impulse and fre-
quency responses of theA and B drivers for the midrange
filters, and Fig. 11~b! shows the responses of theA and B
drivers for the high-range filters. We can see that the impulse
responses of filtersA and B are odd-symmetric; thus, the
magnitudes of the transfer functions are the same, only the
phase differs. This can be observed from the frequency re-
sponses of the filters. We notice that the filters generally have
a low-pass behavior.

Figure 12 presents the theoretical sound pressures and
the obtained polar plots when using the estimated FIR filter
coefficients. Figure 12~a! shows the plots for the midrange
and Fig. 12~b! for the high range. It can be easily observed
that the final approximation error to the desired optimal di-

rectivity pattern,opt is quite large. This is due to the fact that
in our case we are limited to the use of only two drivers to
achieve the desired,opt which is obviously not good enough.
Indeed, the more drivers~thus filters! we use in the optimi-
zation method, the better the approximation we get to the
,opt in the directivity pattern simulation~see Fig. 13!.

VII. MEASUREMENT RESULTS OF THE DIRECTIVITY
PATTERNS

We have measured the impulse responses at stated
angles of the PI-stereo system using the computed FIR fil-
ters. The impulse response measurements were done with a
system for acoustical measurements which is based on a
turntable for loudspeaker rotation and on a maximum-length
sequence~MLS! measurement system.

The PI-stereo cabinet to be measured was placed on the
turntable facing a microphone~1/2-in. 4133 free-field B&K!.
Impulse response measurements were done every 5° so that a
total of 72 measurements was realized in one revolution.

Figure 14 shows the measured directivity patterns nor-
malized at half of the working regions for PI-stereo~i.e., 30°!
for the right response PI-stereo cabinet in an anechoic room
at different frequencies. For comparison purposes, we should
focus our attention on the working region for PI-stereo for
angles going from 0° to 60°. Although the intent of the PI-
stereo implementation of this paper is to generate frequency-
independent directivity patterns, it is clear that there are sig-
nificant deviations at higher frequencies.

VIII. INFORMAL LISTENING TESTS AND DISCUSSION

We have tested the PI-stereo system for a distance of
around 2.5-m separation between the left and right PI-stereo
cabinets. A listening room was used to study the influence of
room boundaries, and despite room reflections, the PI-stereo
effect remained.

FIG. 9. Time/intensity trading approximations for the parametrized time/intensity trading plot coming from the,opt compared with the time/intensity trading
plot given by Aarts~1992!. ~a! Stereo base of 1 m.~b! Stereo base of 2.5 m.

FIG. 10. A schematic block diagram of one array for the processing of one
of the audio channels. The frequency range splitting is achieved by means of
crossover filters. FiltersHA andHB for the high-frequency range and filters
MA and MB for the midfrequency range are obtained by the proposed
method. These filters drive the two arrays of loudspeakers,LSHA

, LSHB
and

LSMA
, LSMA

.
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A group of experienced listeners~7 subjects! tested the
PI-stereo system in comparison with normal stereo at differ-
ent on- and off-axis listening positions. Some of the param-
eters considered for comparison were: sound localization, ap-
parent source width~ASW!, coloration, and loudness.

Both normal stereo and PI-stereo were reproduced by
the same loudspeaker cabinets, so there was no shift in the
stereo image at the sweet spot. Some informal listening tests
were undertaken to investigate the sound localization perfor-
mance and robustness of the obtained optimal directivity pat-
tern ,opt and the associated FIR filters. From the experi-
ments, it was observed that the influence of the stereo base
distance was not critical to notice the PI-stereo effect~it only
became slightly overdone, for narrower distances, or under-
done for wider distances!.

The listener’s observations showed that the PI-stereo
system worked as predicted by the simulation plots~see Sec.
VI !. Correct central sound localization for speech and music
was demonstrated for a number of on- and off-axis listening
positions. The difference between normal stereo and PI-
stereo at the sweet spot was very modest. The stereo sound
sensation, in particular the placement of central voices, was
independent of the listening position within a large area. This

central placement of voices was specially appreciated when
listening to the PI-stereo system for a TV setup. When lis-
tening to normal stereo at lateral positions, listeners experi-
enced an annoying spatial distortion in that the sound did not
come from the same position as the TV image. The differ-
ences between normal stereo and PI-stereo depends some-
what on the type of the music recording; however, for PI-
stereo the sound was well localized, coming from the same
location as the TV image.

In conclusion, we can summarize the main results ob-
tained from the listening tests

~i! Robust sound image in terms of sound localization;
~ii ! Well-localized and clear centered phantom source;

and
~iii ! Better spatial images at lateral positions.

IX. CONCLUSIONS

We have introduced a new position-independent system
for stereophonic sound reproduction ensuring correct sound
localization in a large listening area. A mathematical deriva-
tion to achieve an optimal directivity pattern which offers a
more robust and natural high-quality stereo sound in a large

FIG. 11. Impulse and frequency responses of the 40-tap FIR filters.~a! Midrange.~b! High range.
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listening area has been presented. This optimal directivity
pattern has been adapted to parametrized time/intensity trad-
ing data for enlarging the sweet spot area.

It has also been illustrated that imaging in the traditional
stereophonic system is restricted to an extremely narrow lis-
tening area. Outside this area, spatial distortion of the sound
image occurs.

A digital filtering technique for PI-stereo has been de-
signed and applied to the individual drivers of loudspeaker
arrays in a cabinet in order to achieve the optimal frequency-
independent directivity pattern.

Preliminary listening tests have shown that the PI-stereo
system, based on the optimal directivity pattern,opt, worked
as predicted by the theoretical simulations. The system also
demonstrated correct central sound localization for speech
and music for a large listening area. PI-stereo images appear
to be more robust with lateral movement than images in
normal stereo. The stereo sound sensation was listening-
position independent, thus enlarging the sweet spot area.

FIG. 13. Optimization results for the approximation of the,opt for different
number of driversN in the loudspeaker array.

FIG. 12. Sound pressures and polar plots at different frequencies in the working region for the required FIR filters.~a! Midrange.~b! High range.
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The outcome of this work has shown that an optimal
directivity pattern for loudspeaker arrays in stereophonic ap-
plications can be very useful for sweet spot widening.
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APPENDIX: OPTIMAL DIRECTIVITY PATTERN øopt

Given a functionh~w,c! with w,cP@0,p/2#, satisfying
Eq. ~19!, we seek to minimize

dw
2 ~,~w!2,~c!2h~w,c!!:

5E
0

p/2E
0

p/2

u,~w!2,~c!2h~w,c!u2w~w!w~c!dw dc,

~A1!

FIG. 14. Measured directivity pattern plots at different frequencies normalized at 30° for the right PI-stereo cabinet.
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over all square integrable functions,~w! ~with respect to the
weight w(w) with wP@0,p/2#!, satisfying Eq.~24!. In Eq.
~A1! the weight functionw is bounded and non-negative.

We consider the linear subspaceM of all square inte-
grable functions@with respect to the weightw(w)w(c) as in
Eq. ~A1!# of the form:

k~w,c!5,~w!2,~c!, w,cPF0,
p

2 G ~A2!

with , satisfying Eq.~24!. Furthermore, we letPM be the
orthogonal projection operator of the space of all square in-
tegrable functionsh(w,c) satisfyingh(c,w)52h(w,c) as
in Eq. ~19! onto the spaceM. Then, minimizing the func-
tional in Eq.~A1! amounts to finding the orthogonal projec-
tion PMh of h as

~PMh!~w,c!5,opt~w!2,opt~c!, w,cPF0,
p

2 G , ~A3!

where,5,opt is square integrable@with respect to the weight
w(w)], satisfies Eq.~24!, and minimizes Eq.~A1!.

We compute for an, as above

dw
2 ~,~w!2,~c!2h~w,c!!

5E
0

p/2E
0

p/2

~ u,~w!u21u,~c!u2

22,~w!,~c!!w~w!w~c!dw dc

22E
0

p/2E
0

p/2

h~w,c!,~w!w~w!w~c!dw dc

12E
0

p/2E
0

p/2

h~w,c!,~c!w~w!w~c!dw dc

1E
0

p/2E
0

p/2

uh~w,c!u2w~w!w~c!dw dc. ~A4!

Now we have

E
0

p/2E
0

p/2

u,~w!u2w~w!w~c!dw dc

5E
0

p/2E
0

p/2

u,~c!u2w~w!w~c!dw dc

5CE
0

p/2

u,~w!u2w~w!dw, ~A5!

whereC is given by Eq.~26!, and

E
0

p/2E
0

p/2

,~w!,~c!w~w!w~c!dw dc

5S E
0

p/2

,~w!w~w!dw D 2

50 ~A6!

by Eq. ~24!. Also, using Eqs.~19! and ~24!, we have

E
0

p/2E
0

p/2

h~w,c!,~w!w~w!w~c!dw dc

52E
0

p/2E
0

p/2

h~w,c!,~c!w~w!w~c!dw dc

5E
0

p/2

,~w!mw~w!dw, ~A7!

where we have set

mw~w!5E
0

p/2

h~w,c!w~c!dc, wPF0,
p

2 G . ~A8!

It follows that

dw
2 ~,~w!2,~c!2h~w,c!!

52CE
0

p/2S ,~w!2
1

C
mw~w! D 2

w~w!dw

1E
0

p/2E
0

p/2

uh~w,c!u2w~w!w~c!dw dc

2
2

C E
0

p/2

mw
2 w~w!dw. ~A9!

Hence, the minimal value of the functional occurs for

,opt~w!5
1

C
mw~w!, wPF0,

p

2 G , ~A10!

whereC andmw are given by Eqs.~26! and~A8!. The func-
tion ,opt is unique on the set of allw with w(w).0.

In Sec. V B@Eq. ~18!# we haveh of the form

h~w,c!5 f S D sin1/2~w2c!

c cos1/2~w1c! D , w,cPF0,
p

2 G ~A11!

with f (x) an odd, piecewise linear function ofxPR. Such
an h indeed satisfies Eq.~19!. Furthermore, the integral rep-
resentation ofmw(w), as needed in Eq.~A10! for ,opt, can
be rewritten by introducing for anywP@0,p/2# the new vari-
able

x5
sin1/2~w2c!

cos1/2~w1c!

5sin w2cosw tan 1
2 ~w1c!P@21,tan1

2 w#. ~A12!

Solving c from Eq. ~A12! @which is most easily done by
using the second right-hand side member in Eq.~A12!#, we
find

c5w22 arctanS x cosw

12x sin w D , ~A13!

and

dc5
22 cosw

122x sin w1x2
dx. ~A14!

This then yields Eq.~27!.
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Electromechanical coupling factor of capacitive micromachined
ultrasonic transducers
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Recently, a linear, analytical distributed model for capacitive micromachined ultrasonic transducers
~CMUTs! was presented, and an electromechanical equivalent circuit based on the theory reported
was used to describe the behavior of the transducer@IEEE Trans. Ultrason. Ferroelectr. Freq. Control
49, 159–168~2002!#. The distributed model is applied here to calculate the dynamic coupling factor
kw of a lossless CMUT, based on a definition that involves the energies stored in a dynamic vibration
cycle, and the results are compared with those obtained with a lumped model. A strong discrepancy
is found between the two models as the bias voltage increases. The lumped model predicts an
increasing dynamick factor up to unity, whereas the distributed model predicts a more realistic
saturation of this parameter to values substantially lower. It is demonstrated that the maximum value
of kw , corresponding to an operating point close to the diaphragm collapse, is 0.4 for a CMUT
single cell with a circular membrane diaphragm and no parasitic capacitance~0.36 for a cell with a
circular plate diaphragm!. This means that the dynamic coupling factor of a CMUT is comparable
to that of a piezoceramic plate oscillating in the thickness mode. Parasitic capacitance decreases the
value ofkw , because it does not contribute to the energy conversion. The effective coupling factor
keff is also investigated, showing that this parameter coincides withkw within the lumped model
approximation, but a quite different result is obtained if a computation is made with the more
accurate distributed model. As a consequence,keff , which can be measured from the transducer
electrical impedance, does not give a reliable value of the actual dynamic coupling factor. ©2003
Acoustical Society of America.@DOI: 10.1121/1.1527958#

PACS numbers: 43.38.Bs, 43.38.Ar@SLE#

I. INTRODUCTION

Historically, the concept of the coupling factor of an
electromechanical transducer, usually called ak factor, was
introduced to characterize its ability to convert electrical en-
ergy into mechanical energy, andvice versa. Following the
early work by Mason concerned with piezoelectric
crystals,2,3 the designers of transducers started to use the cou-
pling factor both to characterize different piezomaterials and
as an index of performance of transducers under practical
configurations.

Actually, coupling coefficients not only depend on the
type of material, but also on the stress distribution, electric
field, and geometry of the piezoelement. Indeed, the coeffi-
cients known as material coupling factorskmat ~e.g.,kt , kp ,
ki j ), refer to a one-dimensional geometry and to a static or
quasistatic energy transformation cycle, and can be easily
computed as a combination of appropriate elastic, dielectric,
and piezoelectric constants. In recent years, capacitive mi-
cromachined ultrasonic transducers have shown to be a
promising alternative to piezoelectric transducers, especially
in ultrasound imaging and nondestructive testing.4,5 The ease
of fabrication, integration with custom electronics, wide
bandwidth in immersion operation, and large dynamic range
of the CMUT have indicated that this technology is poten-

tially better than piezoelectric technology for the realization
of two-dimensional~2-D! phased arrays for 3-D imaging.6,7

For electrostatic transducers, including CMUTs, only ak
factor has to be defined if the geometry of the membrane is
assumed, as usual, to be circular; further, it is common use to
refer to a dynamic energy transformation cycle rather than to
a static one. Basic references for the dynamic coupling factor
of electrostatic transducers are the book by Kinsleret al.8

and the book by Hunt.9 In Ref. 8, the coupling factor is
defined in a general way as a ratio of energies, in Ref. 9 it is
explicitly defined as a combination of parameters. The two
approaches substantially give the same result, except for a
small discrepancy that will be discussed in detail in the
present work.

Also relevant to the present work are recent papers re-
porting calculation of quasistatic coupling coefficients for
electrostrictive ceramics.10–12 In Ref. 10 the method of com-
puting the coupling coefficient for an electrostrictor is based
on a generalization of the IEEE Standard on
Piezoelectricity,13 while the definition proposed in Ref. 12
generalizes that advanced by Berlincourtet al.14 in a way
that produces a zero value of the coupling coefficient for an
unbiased electrostrictive material. Significantly, a ‘‘univer-
sal’’ equivalent circuit that is applicable to electrostrictive,
piezoelectric and electrostatic transducers, based on the lin-
earized 3-D theory of lead magnesium niobate~PMN!, is
derived in Ref. 11, and the theoretical coupling coefficients
for piezoelectric and electrostatic transducers are recovered

a!Telephone:139 06 55177081; fax:139 06 5579078; electronic mail:
caronti@uniroma3.it
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as special cases. In particular, the expression of the coupling
factor of a single-sided electrostatic transducer given by
Hunt is obtained with an appropriate correspondence of pa-
rameters. Although the lumped equivalent circuit given in
Ref. 11, as well as Hunt’s theory, can describe the first-order
behavior of the electrostatic transducer, the flexural bending
of the diaphragm is not adequately taken into account for
coupling factor evaluation.

In this paper, starting from a definition based on con-
verted and stored energies involved in a vibration cycle, the
dynamic coupling factorkw of a lossless CMUT is calculated
by using both lumped and distributed parameter models. The
use of a distributed model is essential to account for the
flexural vibration of the membrane in the electrostatic cell.
Actually, it is found thatkw approaches a peak value of about
0.4 as the bias voltage increases, unlike the lumped model
prediction of an increasingk factor up to unity.

The classical effective coupling factorkeff , which can be
easily measured from the transducer electrical impedance, is
also investigated. It is demonstrated thatkeff computed with
the lumped model coincides withkw , but this identity drops
if a more realistic calculation is performed by using the dis-
tributed model.

II. COUPLING FACTOR DEFINITIONS

As mentioned in the Introduction, Kinsleret al.8 define
the k factor of an electrostatic transducer as the square root
of the ratio of stored mechanical energy to total energy
stored in a lossless vibration cycle, and derive a simple ex-
pression ofkw using a lumped parameter model. Hunt9 ex-
plicitly defines the coupling factor as a combination of pa-
rameters resulting in a slightly different expression, as will
be discussed later.

According to the latest IEEE Standard on
Piezoelectricity,13 the coupling factors are nondimensional
coefficients that are useful to characterize a piezoelectric ma-
terial under a particular stress and electric field configuration
in the conversion of stored energy into mechanical or electric
work. A graphic illustration of the electromechanical conver-
sion is reported, showing that the static piezoelectric cou-
pling factor, denoted here askmat, can be defined, with ref-
erence to a static or quasistatic lossless transformation cycle
of a piezoelectric specimen, as the square root of the ratio of
the converted energyWc to the total stored energy per unit
volumeW,

kmat5AWc

W
. ~1!

In dynamic conditions, that is, when the element is in oscil-
lation, it is still possible to define thek factor as a ratio of
energies,15

kw5AEc

Etot
, ~2!

whereEc is the converted energy andEtot is the total energy
involved in a vibration cycle. A very commonk factor, the
only one that can be easily measured from the electrical im-
pedance, is the effective coupling factor,13

keff5Af p
22 f s

2

f p
2 , ~3!

where f s and f p are the frequencies of maximum and mini-
mum conductance, respectively. As demonstrated by Lam-
berti et al.,15 the piezoelectric coupling factor computed ac-
cording to Eq.~2! coincides, for a lossless specimen, with the
effective coupling factor given by Eq.~3!, so that the same
physical meaning can be attributed tokeff . In addition,kw is
proportional tokmat according to the following relation:

kw
2 5

8

p2 kmat
2 . ~4!

These results are also important for CMUTs for two reasons:
first, by means of Eq.~2! the coupling factorkw can also be
computed for this kind of transducer, and a comparison with
the piezoelectric coupling factor based on the same definition
is then possible; second,kw can be calculated by using both
lumped and distributed models, and it will be shown that
more realistic results are obtained with the latter.

Calculations of electromechanical coupling coefficients
for CMUTs according to definitions~2! and ~3! will be pre-
sented in the next section.

III. COUPLING FACTOR OF CMUTS

A schematic of a CMUT single cell, consisting of a met-
allized diaphragm~top electrode! stretched over a heavily
doped silicon substrate~bottom electrode!, is shown in Fig.
1. Many such elements are electrically connected in parallel
to make the transducer, as can be seen from the portion of a
CMUT shown in Fig. 2. The details of the fabrication pro-
cess from different research groups can be found in Refs.
16–18.

The dynamic coupling factor can be computed by con-
sidering an idealized vibration cycle in which the energy is
converted either to electric or mechanical work, the result
being the same as demonstrated in Ref. 13 for a static trans-
formation cycle of a piezoelectric specimen.

In the following subsections, a lossless dynamic cycle in
which the conversion of energy is from mechanical to elec-
trical work is considered. With reference to the equivalent
circuit of a CMUT driven in transmission shown in Fig. 3,1

this type of conversion takes place when the transducer does
not radiate energy, i.e.,Zr50, and it is disconnected from the
electrical source~e.g., Zs→`). In these conditions, the

FIG. 1. Schematic cross section of a CMUT cell.
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CMUT is in free oscillation and part of the energy of vibra-
tion, in each lossless cycle, is converted into electrostatic
energy and stored in the transducer capacitance.

The dynamic coupling factor will be computed for a
single electrostatic cell by using both lumped and distributed
parameter models; the calculation for an ideal CMUT with
all identical elements, including parasitic capacitance, is also
reported.

A. Lumped parameter model

Consider a CMUT single cell with no internal losses,
driven by a sinusoidal voltageV5Vace

j vt and working in
vacuum, so that no acoustic energy is radiated.

In order to calculate the electromechanical coupling fac-
tor we make use of the equivalent circuit of Fig. 4, which is
obtained from the circuit of Fig. 3 by settingZs→` andZr
50, and using lumped parameters in place ofZEb and Zm,
whose real parts are vanishing in the absence of losses. In the
circuit of Fig. 4,C01 is the static capacitance of the cell,Le is
the electrical inductance corresponding to the mass of the
diaphragm, andCe is the electrical capacitance associated to
the mechanical compliance. These parameters can be ob-
tained by expanding the expression for the mechanical im-
pedance around the fundamental resonance frequency of the
diaphragm,19 that is, around the point where the device is

intended to operate. Depending on the structural model used
for the diaphragm, analytical expressions for the mechanical
impedance are reported in Ref. 1. If the diaphragm is mod-
eled as a membrane, the lumped inductance, and capacitance
are found to be

Le
~m!5

m

f1
2 5

1.446rsS1

f1
2 , ~5!

Ce
~m!5f1

2cm5f1
2 0.9568

8pt
, ~6!

wherem andcm are the effective mass and compliance of the
membrane around the resonance frequency,f1 is the trans-
formation factor of the cell,rs is the surface mass density,t
is the membrane tension per unit length, andS1 is the area of
the diaphragm. If the diaphragm is modeled as a plate, the
lumped parameters are

Le
~p!5

1.883rsS1

f1
2 ~7!

Ce
~p!5f1

2 0.977S1

192p2D
, ~8!

whereD is the flexural rigidity of the plate. The transforma-
tion factor is defined as1

f15
C01VDC

d0
, ~9!

whereVDC is the bias voltage andd0 is the effective distance
between the electrodes, including the static displacement of
the diaphragm.

Suppose now that the diaphragm is in free oscillation
with a velocityv(t), the electrical source being disconnected
from the transducer. The coupling factor can be easily com-
puted by setting in the inductor an initial currentI 0 at t50,
representing the amplitude of the transverse velocity, and
calculating the transient of the circuit of Fig. 4. The electrical
current in the loop results,

i ~ t !5I 0 cos~v0t !, ~10!

wherev0 is the natural frequency,

v05
1

ALeCs

, ~11!

FIG. 2. Top view of a CMUT, consisting of a 2-D array of circular mem-
branes. The regions in light gray are membrane electrodes and upper inter-
connections, the holes around each membrane are used to form the cavity
below by selective etching of a sacrificial material.

FIG. 3. Electromechanical equivalent circuit of a transmitting CMUT.Zs is
the source impedance,ZEb is the blocked electrical impedance,Zm is the
mechanical impedance, andZr is the radiation impedance. According to
phasor notation, boldface is used to represent quantities in the frequency
domain.

FIG. 4. Lumped equivalent circuit of a single cell for the coupling factor
calculation.
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andCs is the series capacitance ofCe andC01. The kinetic
energy is given by

KE~ t !5
1

2
LeI 0

2 cos2~v0t !, ~12!

and the voltage across the capacitanceC01 is

vC0
~ t !5

I 0

v0C01
sin~v0t !. ~13!

When the diaphragm passes through the position of static
deflection, the strain energy variation with respect to the bias
point is zero and all the energy is in kinetic form. In this
situation, the total energy involved in a vibration cycle can
be calculated from Eq.~12! as

Etot5~KE!max5
1

2
LeI 0

2. ~14!

On the other hand, when the diaphragm has its maximum
displacement, the kinetic energy is zero and the electrostatic
energy stored inC01, representing the energy converted
from mechanical into electrical form, is given by@see Eq.
~13!#

EE5
1

2
C01S I 0

v0C01
D 2

5S Cs

C01
D 1

2
LeI 0

2. ~15!

According to Eq.~2!, the dynamic coupling factor is

kw5AEE

Etot
5ACs

C01
5A Ce

Ce1C01
. ~16!

A plot of kw is shown in Fig. 5 as a function of the bias
voltage VDC for a membrane and a plate diaphragm. The
physical parameters of the CMUT element used for simula-
tion are listed in Table I~CMUT III !. The spring-softening
effect,20 that is, the increasing compliance of the diaphragm
with increasing bias voltage, has not been taken into account.

As can be seen, the coupling factor of a membrane is
higher than that of a plate, owing to the fact that a clamped
membrane has a higher average displacement. The difference
gets lower as the bias voltage, hence the displacement, de-
creases.

The electrostatic spring-softening can be included in the
lumped model by roughly decreasing the stiffness of the dia-
phragm by the quantityf1

2/C01,8,9,20 so that the mechanical
compliance changes fromcm to

FIG. 5. Dynamic coupling factor of a
CMUT single cell with membrane and
plate diaphragm, computed in the
lumped parameter approximation.

TABLE I. Parameters of the CMUTs used for coupling factor calculations.

Parameters CMUT Ia CMUT IIb CMUT III c CMUT IVd

Membrane radiusa (mm) 52.5 20.0 20.0 25.0
Membrane thicknessdm (mm) 0.5 0.6 0.45 0.6
Membrane collapse voltageVcr ~V) 155 112 82 74
Gap heightdg (mm) 1.0 0.35 0.40 0.35
Resonance frequencyf R (MHz) 2.3 6.9 5.2 4.4
Number of elements 9510 1510 1510 930
Total surface area~mm2! 100.0 3.24 3.24 3.24

aData from Ref. 16.
bUnpublished data.
cData from Ref. 17.
dUnpublished data.
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cm8 5
cm

S 12
f1

2cm

C01
D , ~17!

and the coupling factor given by Eq.~16! becomes

kw5A f1
2cm8

f1
2cm8 1C01

5Af1
2cm

C01
5ACe

C01
. ~18!

This relation, that was derived according to Eq.~2!, coin-
cides with the electromechanical coupling coefficient of a
single electrostatic unit as explicitly defined by Hunt~Ref. 9,
p. 181!. An ambiguity exists in the literature between Refs. 9
and 8, because in Ref. 8, p. 351 the reported expression of
the coupling factor is the same as Eq.~16!, which does not
include the spring-softening effect. A comparison between
coupling factors including or not this effect is shown in Fig.
6. Note that the discrepancy becomes important as the bias
voltage increases.

As far as effective coupling factor is concerned, accord-
ing to Eq. ~3! the frequenciesf s and f p , in the absence of
losses, coincide with the frequenciesf r and f a of infinite and
zero admittance, respectively. The input electrical admittance
of the circuit of Fig. 4 is

YEi5 j H vC012
1

„vLe21/~vCe!…
J . ~19!

SettingYEi5` andYEi50, the resonance and antiresonance
frequencies turn out to bef r51/(2pALeCe) and f a

51/(2pALeCs), respectively. The substitution into Eq.~3!
yields

keff5Af a
22 f r

2

f a
2 5A Ce

Ce1C01
. ~20!

Thus, as anticipated in the Introduction, the effective cou-
pling factorkeff , within the validity of the lumped approxi-

mation, has the same value as the dynamic coupling factor
kw without spring softening@see Eq.~16!#. It is interesting to
note that ifkeff is computed asA( f a

22 f r
2)/ f r

2, the result co-
incides withkw as given by Eq.~18!, including the spring-
softening effect.

A better evaluation of the variation of the coupling co-
efficients with the polarizing voltage is provided by the dis-
tributed model, as discussed in the next section.

B. Distributed parameter model

In the previous section we computed the dynamic cou-
pling factor of a single electrostatic cell by using a lumped
parameter circuit. In this section we calculate the coupling
factor by using a more accurate distributed model of
CMUTs,1 including parasitic capacitance and the spring-
softening effect.

Consider a CMUT with no losses, consisting ofn iden-
tical microelements electrically connected in parallel, and
driven by a sinusoidal voltageV5Vace

j vt.
With reference to the equivalent circuit of Fig. 3, the

input electrical admittance can be expressed by the sum of
two contributions:

YEi5
I

V
5YEb1YEm, ~21!

where YEb is the blocked admittance andYEm is the mo-
tional admittance.8

At each antiresonance frequency,YEi50 and the charge
on the electrodes remains unchanged while the diaphragm is
oscillating, because the signal source is electrically insulated
from the transducer. This condition permits us to evaluate the
dynamic coupling factor, as done in the previous section.

Again, the total energy involved in a vibration cycle is
the kinetic energy at its maximum value that can be obtained
by multiplying byn the kinetic energy of a single membrane,

FIG. 6. Dynamic coupling factor of a
CMUT single cell including or not the
electrostatic spring softening. A
lumped parameter approximation is
used for computation.
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~KE!max5n3
1

2
rsEE

S1

S ]c

]t D
max

2

dS1 , ~22!

wherec5c(r ,t) is the symmetric transverse displacement,
whose analytical expression depends on the diaphragm
model. For a clamped circular membrane without any inter-
action with the surroundings, the transverse displacement in
frequency domain is1

C~r ,v!52
f1V

pt

@J0~ksr !2J0~ksa!#

~ksa!2J0~ksa!
, ~23!

where a is the radius andks is the wave number of the
membrane,

ks5
v

At/rs

A11
e0VDC

2

rsd0
3v2. ~24!

For a clamped circular plate, the transverse displacement has
the expression1

C~r ,v!52f1V
S1

p2D H @J0~Ksr !2J0~Ksa!#I 1~Ksa!1@ I 0~Ksr !2I 0~Ksa!#J1~Ksa!

~Ksa!4@J0~Ksa!I 1~Ksa!1I 0~Ksa!J1~Ksa!# J , ~25!

where the parameterKs is given by

Ks
45

v2rs

D
1

e0VDC
2

Dd0
3 . ~26!

The integral in~22! has been computed numerically for both
membrane and plate models. The electrical energy stored in a
vibration cycle is

EE5
1

2
~C0a1Cp!Vac

2 , ~27!

whereC0a5nC01 is the active capacitance of the transducer
andCp is the parasitic capacitance. The active capacitance of
a single cell has been evaluated numerically, including the
static deformation produced by the polarizing voltage and
neglecting the fringing field. Thus, also the value ofC0a

slightly depends on the bias voltage.
Antiresonance frequencies can be calculated from Eq.

~21! setting I5dQ/dt50. If mechanical and electrical

losses, as well as radiation in the surrounding medium, are
neglected, the blocked admittance is given by1

YEb5 j v~C0a1Cp!, ~28!

and the motional admittance is

YEm5
f2

Im$Zm%
, ~29!

wheref5(C0aVDC)/d0 is the transformation factor of the
CMUT, andZm5nZm1 is the mechanical impedance of the
totality of membranes. Numerical solutions of Eq.~21! with
I50 have been obtained for several values of the bias volt-
age, and the corresponding antiresonance frequencies have
been used to evaluate the total energy; see Eqs.~22!–~26!.
Finally, kw has been computed according to Eq.~2! with Ec

given by Eq.~27!.
Figure 7 shows a comparison between the lumped and

FIG. 7. Dynamic coupling factor of a
CMUT single cell with a membrane
and plate diaphragm and no parasitic
capacitance. Simulations based on
lumped and distributed models are
shown.
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distributed model calculations of the dynamic coupling fac-
tor of a single cell (n51) with no parasitic capacitance
(Cp50), both including the spring-softening effect. For low
values of the bias voltage, the lumped model prediction ap-
proximates to that of the distributed model. For higher val-
ues, the coupling factor yielded by the distributed model is
lower, because the piston´-like motion of the diaphragm in the
lumped model is more effective in the energy conversion
than the actual flexural motion. In other words, because of
the actual nonuniform energy distribution over the mem-
brane area, a greater kinetic energy must be supplied in a
vibration cycle to convert the same electrical energy as the
piston motion does in the lumped model.

As can be seen, a quite different prediction results from
distributed model as the bias voltage reaches its critical
value; indeed, the coupling factor has a saturation-like be-
havior with a peak value in proximity of the collapse voltage,
in contrast with the increase nearly up to unity predicted by
the lumped model.

Since the CMUT performance improves with increasing
bias voltage, the transducer is frequently biased near the col-
lapse, and an investigation of this operating condition is then
required. This will be done in the next section.

IV. ANALYSIS OF THE COLLAPSE POINT

A. Lumped parameter model

When a polarizing voltage is applied to the diaphragm of
an electrostatic cell, the displacement can be found by solv-
ing the static equilibrium equation, which is obtained by
equating the restoring force to the electrostatic force.

If the cell is represented as a parallel plate capacitor and
the restoring force is assumed to be linear, the equilibrium
equation can be written as

2
1

cm0
xDC5

e0S1VDC
2

2d0
2 5

e0S1VDC
2

2S dm

e r
1dg1xDCD 2 , ~30!

wheredm is the thickness,e r is the relative permittivity and
cm0 is the low-frequency mechanical compliance of the dia-
phragm,dg is the gap height andxDC is the static displace-
ment.

When the bias voltage reaches a critical value, the para-
bolic curve of the electrostatic force, given by the right-hand
side of Eq.~30!, becomes tangent to the straight line repre-
senting the elastic restoring force, given by the left-hand
member. In this situation, the slope of the two curves must be
the same at the point of tangency, and derivative of Eq.~30!
with respect toxDC yields

1

cm0
5

e0S1VDC
2

d0
3 . ~31!

Equations~30! and ~31! define the collapse point of the
diaphragm;9,21 beyond the critical voltage, the electrostatic
force overwhelms the restoring force and the diaphragm col-
lapses over the fixed electrode. Solving Eqs.~30!, ~31! for
xDC and VDC , the maximum equilibrium displacement is
found to be

xcr52
de

3
, ~32!

and the corresponding collapse voltage is

Vcr5A 8

27

de
3

cm0e0S1
, ~33!

FIG. 8. Dynamic coupling factor of a
CMUT, computed with the distributed
model, as a function of the resonance
frequency shift normalized to the fun-
damental frequencyvR0 without bias
effects.

285J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Caronti et al.: Capacitive micromachined ultrasonic transducers



wherede5dm /e r1dg is the effective distance between the
electrodes without polarization. Using these relations in Eq.
~9! and substituting in Eqs.~6! and ~8! with cm

50.9568cm0 for a membrane (cm50.977cm0 for a plate!,
the parametersCe

(m) , Ce
(p) turn out to be approximately equal

to the static capacitance of the cell. For a membrane we have

Ce
~m!5S C01

~cr!Vcr

de1xcr
D 2

0.9568cm050.9568C01
~cr! , ~34!

while for a plateCe
(p)50.977C01

(cr) , whereC01
(cr)5e0S1 /(de

1xcr) is the critical value ofC01. Thus, the coupling factor
given by Eq.~18! approaches unity.

Actually, as reported in Ref. 9, pp. 184–185, membrane
collapse usually occurs at values of the normalized displace-
ment 2xcr /de substantially less than the theoretical limit

given by Eq.~32!. For example, in Ref. 9 was found, for an
electrostatic device experimentally tested, that fall-in oc-
curred at a value of2xcr /de around 0.22. As noted, this
premature collapse was likely to be caused by the fact that
the central portion of the diaphragm reaches the critical spac-
ing while the average static displacementxDC is still lower
than its critical value. With this value ofxcr , the critical
parameterCe is found to be about 0.55 both for membrane
and plate diaphragms, and the resulting maximum value of
the coupling factor is 0.74.

The validity of these results is, however, limited to the
lumped parameter approximation. In the next paragraph, the
coupling factor will be investigated near the critical point by
using the distributed parameter model.

FIG. 9. Coupling coefficients of a
CMUT single cell with a plate dia-
phragm.

FIG. 10. Coupling factor of several
CMUTs with membrane diaphragm
cells. Parasitic capacitance has not
been considered in the simulations.
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B. Distributed parameter model

As it is known, the condition for the fundamental reso-
nance frequencyvR of a clamped circular membrane iska
52.405,8 which substituted into Eq.~24! for an electrostati-
cally excited membrane yields

S vRa

At/rs
D 2

5~2.405!22
e0VDC

2 a2

td0
3 . ~35!

Note that, according to the spring-softening behavior, the
resonance frequency decreases as the polarizing voltage in-
creases. The absolute maximum value ofVDC is the one that
makes the right-hand side of Eq.~35! equal to zero and the
collapse voltage must be proportional to this value, i.e.,

Vcr5mA tde
3

e0a25mA de
3

8cm0e0S1
, ~36!

where 0,m,1 is a numerical coefficient. As can be noted,
Eq. ~36! exhibits the same functional dependence as Eq.
~33!, which is derived according to the lumped model. If the
coupling factorkw is calculated, in the way illustrated in the
previous section, as a function of the relative amount
DvR /vR0 by which the fundamental frequency drops be-
cause of the bias voltage, as given by Eq.~35!, the resulting
plot is shown in Fig. 8. The effective coupling factor, com-
puted according to Eq.~20! with f a and f r numerically
evaluated, is also shown.

As it is possible to see, unlike the lumped model predic-
tions, for the distributed model the effective coupling factor
keff does not coincide withkw , so that a measure ofkeff from
the CMUT electrical impedance does not represent a reliable
value ofkw . Also note that, as soon asvR changes of 15% of
its nominal value, the coupling factorkw is at 85% of its
maximum value.

Figure 9 shows the behavior ofkw and keff of a single
cell with a plate diaphragm as a function ofVDC , both com-

puted with lumped and distributed models. It is notable that
all the k factors draw together for low values of the bias
voltage.

A result worthy of note is the one shown in Fig. 10,
wherekw is plotted for several CMUTs with circular mem-
branes having different dimensions, stress, fundamental fre-
quency, and collapse voltage, as reported in Table I. As one
can see, the maximum value of the coupling factor yielded
by the distributed model is about 0.4, regardless of the trans-
ducer design. This value seems to be reasonably a bounding
value of the coupling factorkw of an electrostatic cell with a
circular membrane.

For a piezoceramic plate oscillating in thickness mode,
the dynamick factor is a reduced value of the thickness
material coupling factorkt , which usually takes values in the
range 0.45–0.50. If this range is used into Eq.~4!, the cor-
responding range ofkw turns out to be 0.40–0.45. Thus, the
coupling factor of a CMUT with circular membranes is very
close to that of a piezoceramic oscillating in the thickness
direction.

Finally, the coupling coefficient of a CMUT is worsened
by the parasitic capacitance, for it does not contribute to the
energy conversion. A plot ofkw for several values ofCp in
percent of the active capacitanceC0a is shown in Fig. 11.

V. CONCLUSIONS

In this paper, a definition of the electromechanical cou-
pling coefficient, involving the energies stored in a dynamic
vibration cycle, has been used to calculate the dynamic cou-
pling factor kw for lossless CMUTs by using both lumped
and distributed parameter models. A strong discrepancy ex-
ists between the lumped and distributed model predictions of
kw as the bias voltage reaches its critical value. The maxi-
mum value ofkw , corresponding to membrane collapse, is
close to unity for the lumped model, whereas a quite lower
value of about 0.40 for a cell with membrane diaphragm

FIG. 11. Coupling factor of a CMUT
with plate diaphragm cells for several
values of the parasitic capacitance in
percent of the active capacitance.
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~0.36 for plate diaphragm!, which is approached with a
saturation-like behavior, is predicted by the distributed
model. Further, calculations ofkw for several CMUTs with
circular membranes, having different geometry and stress,
have shown that the peak value, which is reached at different
critical voltages, is always 0.40. This result permits us to
state that the coupling factor of a CMUT is very close to that
of a piezoceramic plate oscillating in thickness direction, for
which the dynamick factor has typically values between
0.40 and 0.45.

The effective coupling coefficientkeff has also been in-
vestigated, showing that this parameter is a good estimation
of the device coupling factor only for low values of the bias
voltage, far from the critical point. Actually,keff coincides
with kw within the lumped model approximation, but when it
is computed using a more accurate distributed model this
coincidence drops and, for practical higher voltages,keff

must be abandoned as a reliable measure of the CMUT cou-
pling factor.
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The need for noise source localization and characterization has driven the development of advanced
sound field measurement techniques using microphone arrays. Unfortunately, the cost and
complexity of these systems currently limit their widespread use. Directional acoustic arrays are
commonly used in wind tunnel studies of aeroacoustic sources and may consist of hundreds of
condenser microphones. A microelectromechanical system~MEMS!-based directional acoustic
array system is presented to demonstrate key technologies to reduce the cost, increase the mobility,
and improve the data processing efficiency versus conventional systems. The system uses 16
hybrid-packaged MEMS silicon piezoresistive microphones that are mounted to a printed circuit
board. In addition, a high-speed signal processing system was employed to generate the array
response in near real time. Dynamic calibrations of the microphone sensor modules indicate an
average sensitivity of 831mV/Pa with matched magnitude~60.6 dB! and phase~61°! responses
between devices. The array system was characterized in an anechoic chamber using a monopole
source as a function of frequency, sound pressure level, and source location. The performance of the
MEMS-based array is comparable to conventional array systems and also benefits from significant
cost savings. ©2003 Acoustical Society of America.@DOI: 10.1121/1.1527960#

PACS numbers: 43.38.Hz, 43.38.Gy@SLE#

I. INTRODUCTION

As aircraft noise regulations become more stringent, the
need for modeling and measuring aircraft noise becomes
more important. In order to design quieter aircraft, the physi-
cal mechanisms of noise generation must be understood and
any theoretical model or computational simulation must be
experimentally validated. One validation method is the com-
parison of the farfield acoustic pressures. Typically, single
microphone measurements of aeroacoustic sources in wind
tunnels are hampered by poor signal-to-noise ratios that arise
from microphone wind self-noise, tunnel system drive noise,
reverberation, and electromagnetic interference.1 In addition,
a single microphone cannot distinguish between pressure
contributions from different source locations. The need for
more precise noise source characterization and localization
has driven the development of advanced sound field mea-
surement techniques. In particular, the development and ap-
plication of directional microphone arrays has been docu-
mented as a means to localize and characterize aeroacoustic
sources in the presence of high background noise.1–12

Although knowledge of the acoustic farfield does not
uniquely define the noise source,13 the qualitative localiza-
tion of a source and analyses of the spatial and temporal
characteristics of its farfield radiation can provide insight
into noise generation mechanisms. Modern acoustic arrays
used in wind tunnel studies of airframe noise are typically
constructed of large numbers~tens or hundreds! of instru-
mentation grade condenser microphones, and range in aper-
ture size from several inches to several feet.6–12 Data collec-
tion, followed by extensive post-processing, has been used to
implement various beamforming processes, including con-
ventional beamforming, array shading, and shear-layer
corrections.6–12 The resulting data files can exceed 500 GB
in size and require significant post-processing time per
dataset.7

A greater number of microphones in an array can im-
prove its ability to characterize a sound field. In particular, an
increase in the number of microphones enhances the signal
to noise ratio of an array, defined as thearray gain, given~in
dB! by 10 log(M), whereM is the number of microphones.14

In addition, a large number of microphones may be used to
improve the spatial resolution and extend the frequency
range of an array. The spatial resolution of an array is in-
versely related to the productkD, where k5v/c is the
acoustic wave number,v is the radian frequency,c is the
speed of sound, andD is the aperture size. Thus, a larger
aperture may be needed to maintain sufficient spatial resolu-
tion at low frequencies. In contrast, the intersensor spacing
must be less than one-half of the smallest wavelength of

a!Portions of this work were presented in ‘‘Technology development for
directional acoustic arrays,’’ at the142nd Meeting of the Acoustical Society
of America, Ft. Lauderdale, FL, December 2001 and ‘‘MEMS-based acous-
tic array technology,’’ at the40th AIAA Aerospace Sciences Meeting &
Exhibit, Reno, NV, January 2002.

b!Now affiliated with School of Electrical and Computer Engineering, Geor-
gia Institute of Technology, Atlanta, GA 30332-0250.
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interest to avoid spatial aliasing.14 The feasibility of scaling
the current technology to multiple arrays with larger numbers
~hundreds or thousands! of microphones is limited by the
cost per channel~microphone, amplifier, data acquisition!,
data handling efficiency~acquisition capabilities, signal pro-
cessing complexity, storage requirements!, and array mobil-
ity ~size, weight, cabling!. In addition, experiments per-
formed in large wind tunnels are costly and require extensive
setup.15 Therefore, an array system that provides near real-
time output in a cost-effective manner would be advanta-
geous.

Our goal in this paper is to present the design and initial
results of a high-speed, reduced-cost acoustic array system
designed for aeroacoustic measurements. To address these
scaling issues, MEMS microphones and novel packaging
techniques were used to build a compact, modular printed
circuit board ~PCB! array. Batch-fabricated MEMS micro-
phones offer a substantial cost reduction and the potential for
improved amplitude and phase matching relative to the com-
mercial condenser microphones used in conventional acous-
tic arrays. Implementation of the microphone array on the
PCB allows for signal conditioning and amplification to be
collocated at the array. It also offers the potential of using
on-board digital signal processing~DSP! hardware to ex-
ecute beamforming algorithms without having to transfer the
data to remote processors. However, a separate high-speed
data acquisition and signal processing system was used in
this study.

II. BACKGROUND

An acoustic array is a collection of spatially distributed
microphones used to measure an acoustic field. The signals
from each microphone are selectively weighted and phase
shifted through a signal processing technique known as
beamforming in order to focus the array at a region in space.
This provides the array with an electronically steerable, di-
rectional response. In this section we review the conven-
tional beamforming equations used to generate the array out-
put. An in-depth treatment of spatial arrays and beamforming
theory can be found in Johnson and Dudgeon.14

Consider a collection ofM omnidirectional microphones
in unbounded free space with the origin of a coordinate sys-
tem located at the array center. LetxWm denote the location of
the mth microphone and consider a point monopole at posi-
tion xW8 as shown in Fig. 1. Letym(t) denote the continuous
time signal detected by themth microphone. The classical
continuous time, ‘‘delay-and-sum’’ beamforming equation is
given as a weighted linear sum of time shifted signals,

z~ t ![ (
m51

M

wmym~ t2Dm!, ~1!

wherewm is a weighting factor andDm is a time shift applied
to themth microphone.14 By selecting appropriate delays, the
acoustic signals from a chosen finite region in the field are
coherently amplified while signals emanating from other ar-
eas are attenuated.

Assuming an ideal point monopole source at an arbitrary
array focus location,xW , the time shift and weight for themth
microphone are

Dm5
r 2r m

c
~2!

and

wm5
r m

r
, ~3!

wherer and r m are the radial distances from the focus loca-
tion to the array center and themth microphone, respectively.
The time shift synchronizes each of the measured signals to
the signal at the array center. The weight is assigned to com-
pensate for the geometric attenuation of spherically spread-
ing waves. Modification of these coefficients is the basis of
more advanced beamforming techniques such as shading and
shear layer corrections.7 If the focus location coincides with
the actual location of the source, the signals from the micro-
phones are coherently summed and the beamformer output is
maximized.

This beamforming process is premised on the assump-
tion that ideal pressure measurements are made in the farfield
of a distribution of compact, spatially distinct, mutually in-
dependent point monopoles. The presence of coherent,
closely spaced, or continuously distributed sources, as well
as higher order dipoles or quadrupoles, all limit the accuracy
of the array measurement.16 Thus, the results obtained from
an acoustic array must be interpreted within the assumptions
made of the sources, which are not usually knowna priori.
Additionally, the measurement of the farfield does not
uniquely define the source.13 For these reasons, array mea-
surements can only be considered qualitative with regards to
source characterization.

Frequency-domain beamforming offers several benefits
over time–domain methods. These include techniques for re-
ducing side lobes and narrowing the main lobe in the array
pattern, as well as reducing noise and reflection effects.5 Us-
ing standard Fourier transform pairs, the beamforming ex-
pression from Eq.~1! can be transformed into the frequency
domain,

FIG. 1. Array configuration depicting a point monopole source and an array
of five microphones.
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Z~v!5 (
m51

M

wmYm~v!e2 j vDm, ~4!

whereYm(v) andZ(v) are the Fourier transforms ofym(t)
and z(t), respectively. Equations~2! and ~3! still hold, but
Dm now represents a phase shift.

A data acquisition system is used to discretely sample
data from the microphones at a fixed sampling frequency,f s .
The time record for each channel, denotedym@n#, is divided
into L blocks, each block consisting ofN points, and an
N-point fast Fourier transform17 ~FFT! is applied to each
block of data. Equation~4! can be rewritten to define the
discrete frequency–domainarray responseat the kth fre-
quency bin as

Zk5 (
m51

M

wmYmk
e2 j vkDm, ~5!

where Ymk represents thekth FFT coefficient of themth
channel andvk5k2p f s /N is the corresponding radian fre-
quency. This can be expressed in matrix form as

Zk5ek
HYk , ~6!

where (•)H denotes the Hermitian transpose. Thesteering
vector, ek , contains the weights and phase shifts to be ap-
plied to the system and is given by

ek5F w1ej vkD1

]

wMej vkDM
G . ~7!

The termYk contains thekth FFT coefficients for allM chan-
nels,

Yk5F Y1k

]

YMk

G . ~8!

The N discrete terms ofZ represent the discrete frequency
spectrum of the beamformer output. If desired, an inverse
Fourier transform could be used to convert back to a time–
domain representation.

More commonly, thearray power responseis used, rep-
resenting a time-averaged power spectrum.14 The array
power response at thekth frequency bin is given by

Pk5ek
HE@YkYk

H#ek , ~9!

where E@•# denotes the expected value. The termPk is a
real-valued scalar having units of power (Pa2). The inner
term,

Rk[E@YkYk
H#5F G11k

G12k
¯ G1Mk

G21k
G22k

]

] �

GM1k
¯ GMMk

G , ~10!

is known as thespatial correlation matrixor cross-spectral
matrix and forms the basis of more advanced beamforming
algorithms.14 Each term in the matrix represents a complex
valued cross-spectral coefficient given by

Gi j k
5E@Yi k

Yj k
* #, ~11!

where ~•!* denotes the complex conjugate. TheM3M
cross-spectral matrix contains the relative magnitude and
phase relations between all pairs of microphones and there-
fore captures all of the information needed to compute the
signal location.14

For stationary data, averaging is used to reduce random
noise in the measurements.17 Averaging the cross-spectral
matrix yields a robust measurement because the relative
phase information between microphones is assumed to be
precisely known.14 An estimate for the expected value of the
cross spectral matrix is given as an average overL blocks of
data,

R̂k5
1

L (
l 51

L

YklYkl
H , ~12!

and thus the estimated array power response is given by

P̂k5ek
HR̂kek . ~13!

If desired, a corresponding value known as thearray pres-
sure response~having units of Pa! can be computed by tak-
ing the square root of the array power response.

From Eqs. ~12! and ~13!, it is noted that the time-
averaged cross-spectral matrix needs only to be computed
once; only the steering vector changes in the computation of
the array response at various focus locations. This leads to a
computational efficiency when the array response is desired
over a region of space, as is the case for spatial mapping
applications. In addition, since the cross-spectral matrix con-
tains all of the relevant field information, it can be saved
rather than the raw time signals if the spectral analysis pa-
rameters~block size, number of averages, etc.! are fixed.
This can offer significant reductions in the data storage re-
quirements.

In the same manner that linear time-invariant systems
are characterized by examining the frequency response, the
array pattern corresponds to the wave number–frequency re-
sponse of a spatiotemporal filter.14 Physically, it represents
the array response to an acoustic point source in the same
way that the impulse response function represents the re-
sponse of a linear system to an impulse function. The array
pattern is a function of frequency, array focus location, and
actual source location, and is given by14

W~v,xW ,xW8!5 (
m51

M
r m

r

r 8

r m8
expH j vF ~r 82r !2~r m8 2r m!

c G J .

~14!

The focus location,xW , determinesr and r m , the radial dis-
tances from the focus location to the array center andmth
microphone, respectively. The source location,xW8, deter-
minesr 8 andr m8 , the radial distances from the source to the
array center andmth microphone, respectively. The array
pattern is generally plotted at a particular frequency for a
fixed source location.
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III. ARRAY SYSTEM DESIGN AND CONSTRUCTION

The design and fabrication of the MEMS-based array
system are presented in this section. Details of the construc-
tion of the hybrid package and printed circuit board array are
included. This is followed by a discussion of the data acqui-
sition and signal processing system used to generate the ar-
ray pressure response. Full details of the array system are
reported by Arnold.18

A. Hybrid microphone-amplifier packages

The hybrid microphone-amplifier package combines a
micromachined piezoresistive silicon microphone19 and an
Analog Devices AD624 low-noise differential amplifier20

into a 16-pin, 1.5 cm diameter TO-8 semiconductor package.
The differential outputs of the microphone Wheatstone
bridge are AC-coupled to the inputs of the amplifier via two
resistor-capacitor~RC! pairs, as shown in Fig. 2, with a cor-
ner frequency given byf c51/(2pRC)51.6 Hz. This hybrid
package provides a small, self-contained microphone module
with an amplified, low-impedance output. The sensor pack-
ages are fitted into sockets on a printed circuit board array,
permitting external calibration and interchangeability.

The construction of the hybrid package consists of four
layers, as shown in Fig. 3: the package body or ‘‘header,’’ a
silicon substrate, the component layer, and a protective lid. A
TO-8 package serves as the primary structural element. A
silicon substrate is bonded to the header using conductive
silver epoxy. The substrate, passivated with silicon dioxide,
provides metal bond pads and interconnecting traces for the
devices. The components are bonded to the exposed bond
pads of the silicon substrate using conductive silver epoxy.
Gold wire bonds are used to make additional electrical con-
nections between the chip bond pads and package pins. A
slotted lid provides protection against physical damage while
permitting acoustic waves to pass. The TO-8 header and lid
are connected to the circuit ground for additional electro-
magnetic shielding.

B. Printed circuit board array

The performance of an array~spatial selectivity, influ-
ence of sidelobes, array gain, etc.! is directly influenced by
the quantity and geometry of the sensors. Our goal in the
research was to validate the concept of a MEMS-based array,
not to optimize a particular array geometry. Thus, a layout
similar to Cluster 3 in NASA’s small aperture directional
array ~SADA!7 was selected, allowing for a comparison to
previously published results. The configuration is identical
with the exception that the center microphone has been omit-
ted due to the limitation of 16 channels in the data acquisi-
tion system used for testing. As shown in Fig. 4, the planar
layout consists of four concentric rings with radii 1.80, 1.94,
3.60, and 3.89 in., each having four microphones.

The array is constructed from a double-sided copper
clad PCB that serves as the electrical interface and mechani-
cal structure. The top surface of the PCB contains the 16
microphone packages and a laser diode to permit accurate
aiming of the array. The bottom surface contains small
~SMB-type! connectors for the coaxial cabling. Four layers
of Garolite are milled and throughbolted to the circuit board
array to provide additional rigidity, as shown in Fig. 5. The
theoretical array patterns, obtained using Eq.~14!, are shown
in Figs. 6–8 at 2, 6, and 10 kHz for a 48 in.348 in. scan
plane that is parallel to the array face and centered on thez
axis for a source at a distance of 36 in. These plots indicate

FIG. 2. Circuit schematic of hybrid package.R0'600V, R5147 kV, C
50.68mF, G5500,Vb53 V, Vs5610 V.

FIG. 3. Diagram of the hybrid microphone-amplifier packaging scheme.

FIG. 4. Plot of array layout~inches!.
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the spatial selectivity of the array, illustrating a narrowing
primary lobe ~improved spatial resolution! and increasing
side lobes with increasing frequency.

C. Signal processing

The signal processing consists of continuously sampling
data from the array, computing the fast Fourier transform
~FFT! on blocks of data, and using conventional frequency–
domain beamforming methods as outlined in Sec. II to obtain
the array pressure response over a scanned region in space.

An Agilent E1432A VXI-based digitizer is used to ac-
quire the signals from the array. The digitizer is interfaced to
a host computer~866 MHz Pentium III, 256 MB RAM! via a
National Instruments MXI-2 interface bus. The host controls

the operation of the digitizer, runs the beamforming algo-
rithms, and displays and saves the results using MATLAB
v.6.0. In operation, the digitizer samples all 16 channels with
16-bit resolution at a sampling rate of 25.6 kHz. The Agilent
E1432A provides the capability to perform real-time fast
Fourier transforms~FFTs! on the incoming data, significantly
reducing the computational load on the host computer. A
Hanning window is used in computing 1024-point FFTs,
yielding a frequency resolution of 25 Hz. The digitizer inter-
nally compensates for the power lost in the windowing op-
eration by scaling the output by the Hanning window weight-
ing factor of A8/3.17 Typically, 400 nonoverlapping blocks
are used, corresponding to 16 s of time data.

The cross-spectral matrices for all 512 bin frequencies
are computed in real time for each successive block of FFT
data that is transferred to the PC host. The time-averaged
cross-spectral matrices are obtained by Eq.~12! and the data
is converted to units of pressure squared (Pa2) by dividing
by the square of the microphone sensitivity. The array power
response is obtained using Eqs.~2!, ~3!, ~7!, and ~13! and
then dividing by the number of microphones squared (M2)
to normalize the array output to that of a single microphone.
The pressure response is given by the square root of this
result. For most of the measurements made in calibrating the
array, a 48 in.348 in. grid of regularly spaced~1 in. incre-
ments! focal locations are used in a scan plane parallel to the
array face at a distance of 36 in. along thez axis. The com-
putation time required to obtain the pressure response over
the scan plane for a single frequency bin is under 4 s. If

FIG. 5. Diagram of array construction depicting circuit board array and
Garolite stiffening layers.

FIG. 6. Theoretical array pattern and contour plot~0.5, 1, 3, 6, and 9 dB! at
2 kHz for 48 in.348 in. scan plane at 36 in.

FIG. 7. Theoretical array pattern and contour plot~0.5, 1, 3, 6, and 9 dB! at
6 kHz for 48 in.348 in. scan plane at 36 in.
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needed, the power responses from multiple bins can be
summed to obtain the power over a wider frequency bin
~e.g., octave analysis!. The required computation time is in-
creased by approximately 4 s for each additional frequency
bin included in the power response analysis. The time-
averaged cross-spectral matrices for all 512 frequency bins
are stored to disk, resulting in a file size of 2 MB.

IV. EXPERIMENTAL RESULTS

The experimental methodologies and results for calibra-
tions of the hybrid package and array system are discussed in
this section. The frequency responses of the hybrid micro-
phone packages are obtained using a plane wave tube~PWT!
acoustic calibrator. The characterization of the array system
is performed using an acoustic point source in the University
of Florida’s Anechoic Aeroacoustic Test Facility.

A. Hybrid package characterization

Each hybrid microphone package is tested individually
for amplitude and phase using a 2.54 cm32.54 cm square
cross section, normal incidence PWT designed to support
plane waves up to 6.7 kHz.18,19The microphone package and
a 1/8 in. Brüel and Kjær~B&K ! 4138 reference microphone
are flush mounted at the terminating end of the tube and
subjected to normally incident plane waves. The frequency
response of the hybrid package is determined with respect to
the B&K microphone.

The measured responses of the 16 hybrid packages are
shown in Fig. 9 over the frequency range of 1–6.5 kHz at
sound pressure levels of approximately 110 dB~Ref. 20
mPa!. The average sensitivity of each hybrid package is seen
to vary from 780 to 855mV/Pa with a mean of 831mV/Pa
over the range tested. A linear trend is noted in the phase
response, which could be a phase variation, but may be at-
tributed to a mounting misalignment in the PWT
calibration.19 An offset in the axial location of the reference
and test microphones will result in a linear bias in the phase
measurement. An offset of only 1 mm would result in a
phase bias error of 6.25° at 6 kHz. Although the PWT is
limited to a maximum frequency of 6.7 kHz, the micro-
phones have demonstrated a flat response to 20 kHz and
possess a predicted resonant frequency of 131 kHz.19

For the purposes of array signal processing, as can be
seen from Eqs.~2! and ~3!, matching of the magnitudes and
phases between sensor packages is important to minimize
uncertainty. The frequency response data are reformatted and
shown in Fig. 10 as a relative sensitivity and phase with
respect to microphone number one. The magnitude responses
of all microphones are shown to match within60.6 dB, and
the phase responses are matched within61° over the fre-
quency range tested. Mosheret al.21 states that phase match-
ing within 610° is sufficient for obtaining reasonable results
without the need for phase corrections. Therefore, the hybrid
microphone packages are considered acceptable for use in
the array and all the presented data are from uncorrected, raw
measurements.

B. Array characterization

A method for extensively characterizing an acoustic ar-
ray has been reported by Mosheret al.21 However, for this

FIG. 8. Theoretical array pattern and contour plot~0.5, 1, 3, 6, and 9 dB! at
10 kHz for 48 in.348 in. scan plane at 36 in.

FIG. 9. Magnitude and phase response of 16 hybrid packages at;110 dB.
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paper, only a preliminary characterization was performed in
order to verify proper operation of the MEMS-based system.
The array response to an acoustic point source was measured
in an anechoic chamber, having a 100 Hz cutoff frequency,
as a function of source frequency, source amplitude, and
source location. Each measured response was compared to
the theoretical response~array pattern! given by Eq.~14!.
The acoustic point source consists of a JBL 2426J-
compression driver mated to a 53 cm long, 1.9 cm diameter
metal pipe. The pressure field generated by the device is
modeled as a piston at the end of a pipe and performs suit-
ably as a point monopole for frequencies below 11.5 kHz.18

Several metrics were used to quantify the differences
between the measured and theoretical responses. For this
analysis, the measured array response is normalized by its
peak value for a direct comparison to the normalized array
pattern. The first metric is a comparison of the beamwidths
of the mainlobe at 0.5, 1, 3, 6, and 9 dB down from the peak
values.7 Because the main lobe does not have perfect cylin-
drical symmetry, an equivalent beamwidth is used. It is ob-
tained by computing the diameter of a circle having the same
area as enclosed by the respective contour curve. The second
metric is to compute a weighted root mean squared~rms!
error for the measured response. It provides an estimate of
the total relative error overJ scan locations and is expressed
as

weightedIerrorrms5A( j 51
J M j~Tj2M j !

2

J
, ~15!

where Tj and M j represent the normalized theoretical and
measured responses at thejth scan location, respectively. The

error is weighted by the measured responseM j to account
for the relative effect the errors would have in the total mea-
sured response. A third metric is a comparison of the location
of the measured peak response to the actual source location.

1. Array response versus frequency

The array response was first examined as a function of
frequency for a point source positioned at a distance of 36 in.
on thez axis of the array. Discrete tones were used to achieve
an average sound pressure level of approximately 100 dB at
the array microphones. The measured array pressure re-
sponses are shown at 2, 6, and 10 kHz in Figs. 11–13. These
measured responses closely match the corresponding theoret-
ical array patterns, shown in Figs. 6–8.

The equivalent 3 dB main lobe beamwidth is shown in
Fig. 14 for frequencies from 1 to 10 kHz. This data is repre-
sentative of the results obtained for the equivalent 0.5, 1, 6,
and 9 dB beamwidths. The measured beamwidths are shown
to closely match the theoretical values for frequencies of 3
kHz and higher. Due to the relatively small aperture size,
errors are expected at the lower frequencies. Verification of
the main lobe beamwidth is important from a spatial resolu-
tion standpoint, but it does not validate the total response,
particularly the effect of side lobes. A measure of the total
error is given by the weighted rms errors as shown in Fig.
15. It is important to note that unlike the theoretical re-
sponse, the acoustic array interacts with the incident sound
field, resulting in scattering. Thus, the measured response
includes these scattering effects, which are unaccounted for

FIG. 10. Relative magnitude and phase of 16 hybrid packages with respect
to microphone number one.

FIG. 11. Measured array pressure response and contour plot~0.5, 1, 3, 6,
and 9 dB! at 2 kHz and;100 dB for a 48 in.348 in. scan plane at 36 in.
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in the theoretical response. The error remains below 5% up
to 8 kHz before increasing to a maximum of 9% at 10 kHz.
One possible explanation is that diffraction effects from the
microphone package may become important at higher fre-
quencies. If the package is crudely modeled as the end of a
rigid cylinder, it is known that diffraction effects become
significant for values ofkd larger than 2, wherek is the
acoustic wave number andd is the radius of the cylinder.13 It
is noted that for the 1.5 cm package,kd52 at approximately
7.2 kHz.

2. Array response versus sound pressure

One benefit of an acoustic array is its improvement in
the signal to noise ratio of the measured signal, referred to as
the array gain. The use of multiple microphones enables the
measurement of source signals that are below the noise floor
of any one particular microphone. Thus, an important char-
acteristic of an array is its performance as a function of in-
cident sound pressure, or equivalently the signal-to-noise ra-
tio of the microphones. For this experiment, the point source
is fixed along thez axis of the array at a distance of 36 in.
and the array response to a 6 kHz tone is measured at various
sound pressure levels. As a reference, the array was removed
and a single B&K 4138 microphone was used to measure the
free-field sound pressure level at the location of the array
origin for several sinusoidal voltage amplitudes supplied to
the speaker. The array was then reinstalled and the responses
were measured using the calibrated speaker voltage inputs.

Figure 16 shows the average microphone pressure and
the peak array pressure versus the free-field pressure mea-
sured by the single B&K microphone. For a strong, tonal
point source, the free-field pressure, the average microphone
pressure, and the peak array pressure should all be equal. At
higher sound pressure levels, the average microphone pres-
sure and peak array pressure converge to within 1 dB, but
there is an offset of approximately 5 dB between these values
and the free-field value. A 3 dB increase could be explained
as a pressure doubling due to a sound hard boundary condi-
tion at the face of the array. The additional amplification may
be due to diffraction effects. Regardless of the absolute lev-
els, the lower end of the curve illustrates the existence of the
array gain. As the incident sound pressure level decreases,
the average microphone response asymptotes to 69.1 dB

FIG. 12. Measured array pressure response and contour plot~0.5, 1, 3, 6,
and 9 dB! at 6 kHz and;100 dB for a 48 in.348 in. scan plane at 36 in.

FIG. 13. Measured array pressure response and contour plot~0.5, 1, 3, 6,
and 9 dB! at 10 kHz and;100 dB for a 48 in.348 in. scan plane at 36 in.

FIG. 14. Theoretical and measured 3 dB beamwidths as a function of fre-
quency at;100 dB for source at 36 in.
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while the peak array response asymptotes to 57.5 dB. Thus,
the array can effectively detect a source that is 11.6 dB below
the noise floor of the individual microphones. The
asymptotic values represent the minimum detectable signals
for a 25 Hz bin at 6 kHz. The estimated noise floors for a 1
Hz bin at 6 kHz are 55.1 dB for the hybrid packages and 43.5
dB for the array. The microphones possess a linear response
to sound pressure levels of at least 160 dB.19

3. Array response versus location

Perhaps the most useful aspect of a directional array is
its capability for source localization. As a one-dimensional
verification, a 6 kHz source at a distance of 36 in. is trans-
lated in thex direction in 3 in. increments to a distance of 24
in., and the performance of the array was examined. Ideally,
the array response should be calibrated over a broad range of
locations in space.21 Figure 17 shows the weighted rms error
for the array response as a function of thex location. The
error remains constant at approximately 2.5% over the range
tested.

Of greater importance is the ability of the array to accu-
rately locate a source in space. Figure 18 shows the absolute
spatial error of the peak array response plotted vs thex lo-
cation of the source. It should be noted that a finer mesh,
using a grid of 0.1 in. in the array response, was used to
obtain the measures of spatial error. The error is seen to
randomly fluctuate as a function of position, with a mean
value of 0.3 in. These values are reasonable considering the
accuracy in distance measurements in setting up the experi-

ment was60.25 in. Thus, the performance at 6 kHz appears
to be independent of the source location.

V. CONCLUSIONS AND FUTURE WORK

A directional acoustic array has been developed using a
MEMS piezoresistive microphone, a hybrid sensor packag-
ing scheme, printed circuit board construction technique, and
a VXI-based signal processing system to produce a high-
speed, cost-effective, modular, array measurement system. In
addition to reducing the cost, the use of a printed circuit
board as the array structure allows for the potential integra-
tion of the signal conditioning, data acquisition, and/or signal
processing hardware. The estimated total cost of the 16-
channel array, excluding labor and the cost of the data acqui-
sition and signal processing system, is significantly less than
a conventional array. The hybrid packages can be inter-
changed between low-cost printed circuit boards of various
geometries, further reducing the costs. The use of high-speed
data acquisition and digital signal processors has enabled
near real-time computation of the time-averaged cross-
spectral matrices. This provides the user with almost instant
access to array response results and eliminates the need to
save large amounts of time-series data. The resulting time
savings can reduce the experimental costs, particularly for
large wind tunnel studies.

The results from calibrations of the hybrid package and
array verify the functionality of the system. From plane wave
tube calibrations, the hybrid microphone packages show an
average sensitivity of 831mV/Pa with matched magnitude
~60.6 dB! and phase~61°! responses. From tests conducted

FIG. 15. Weighted rms error as a function of frequency at;100 dB for a 48
in.348 in. scan plane at 36 in.

FIG. 16. Average array microphone pressure and peak array response pres-
sure versus free-field pressure at 6 kHz.

FIG. 17. Absolute spatial error~in inches! in the peak response of the array
at 6 kHz and;100 dB.

FIG. 18. Weighted rms error at 6 kHz and;100 dB as a function of the
sourcex location.
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in an anechoic chamber, the array shows accurate source
localization capabilities of60.3 in. It has a minimum detect-
able signal of 47.8 dB for a 1 Hz bin at 6 kHz and amaxi-
mum input of 160 dB. For the small-aperture array pre-
sented, the usable frequency range is limited to 3–8 kHz. A
larger number of sensors can broaden the frequency range by
increasing the overall array size while maintaining small in-
tersensor spacings. The array noise floor was experimentally
verified to be 11.6 dB below the noise floor of the individual
microphones, as predicted by the theoretical array gain.

For this array system, an extensive calibration is needed
to quantify the response over a larger parameter space. The
calibration should includein situ calibrations of the micro-
phones and a complete analysis of the directivity and accu-
racy of the array over a broad frequency range.21 An analysis
of the scattering effects could provide insight for improve-
ments in accuracy. Additional efforts are aimed at reducing
the size and increasing the physical robustness of the hybrid
packages, improving the construction techniques used for the
array, and integrating the signal conditioning and amplifica-
tion circuitry at the array. The integration of DSP hardware
with the PCB microphone array is currently being under-
taken to further increase the system performance.
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Acoustic scattering by a cylindrical shell with symmetric line
constraints in the heavy fluid-loading limit
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A cylindrical shell, modelled using Donnell–Mushtari thin shell theory, is reinforced by two internal
rigid plates attached to the shell along lines parallel to the shell axis. A circumferential mode
expansion is used to obtain numerical results for the scattered sound field due to the presence of the
reaction forces along the attachment lines. In the heavy fluid-loading limit, which is appropriate for
low and mid-frequency ranges for practical underwater structures, asymptotic analysis is presented
which allows the peak frequencies in the scattered field due to the reaction forces to be expressed
~to leading order! in terms of the geometry and the shell and fluid parameters. These predictions
agree well with results obtained by numerically evaluating the infinite sums needed to calculate the
reaction forces and hence the scattered field. ©2003 Acoustical Society of America.
@DOI: 10.1121/1.1521427#

PACS numbers: 43.40.Ey, 43.40.Fz, 43.20.Fn, 43.20.Bi@ANN#

I. INTRODUCTION

The acoustic properties of an infinitely long circular cy-
lindrical elastic shell have been widely studied, both because
this geometry permits an exact solution of the linear equa-
tions of motion, and because it provides a good model for
many structures of practical importance, such as aircraft or
submarines. However, these vehicles also contain much in-
ternal structure connected to the shell and this may have a
large effect on the sound scattered or radiated by the body. In
order to devise quiet systems it is important to understand
how the presence of internal structure may lead to peaks in
the sound field. An active area of research is therefore the
investigation of the scattering of sound by an infinitely long
elastic cylindrical shell to which internal structure is attached
along lines parallel to the shell axis.

Early work on this problem includes that of Reddy and
Mallik,1 who considered the effect of axial stiffeners equally
spaced around a layered cylinder, and of Mead and Bardell,2

who investigated anin vacuo shell with similar stiffeners.
Bjarnason, Achenbach, and Igusa3 investigated a shell with
an internal plate and external fluid loading using a Lagrange
equation formulation. Theoretical prediction of the scattered
sound in each of these papers involves the numerical evalu-
ation of various infinite summations resulting from a circum-
ferential modes expansion. Papers by Felsen and Guo,4,5 ad-
dressing the problem, use a combination of ray fields in the
fluid with mode fields in the structure, which, at high fre-
quencies, is better computationally than using only a circum-
ferential mode expansion. A series of papers by Klauson and
Metsaveer and others6–9 has used the circumferential mode
expansion to model the scattering by a shell with internal
plates or stiffening ribs attached parallel to the axis of the
shell. The Timoshenko–Mindlin theory of plates and shells is
used6 to obtain numerical predictions, which are compared
with results observed experimentally,7 and seen to correlate
well. They concluded8 that resonances in the spectrum of
scattering from a stiffened shell may be attributed to flexural
waves generated by the reaction forces of the stiffener acting

on the shell, and that every component of the reaction force
plays a role in the vibration of the stiffened shell, but in the
far-field the radial reaction force produces the dominant con-
tribution to the scattered field in their frequency range of
interest. More recently9 they have incorporated linear elastic-
ity theory to model the shell into their numerical work, and
have again shown good agreement with experimental results.
Guo10 also used a circumferential mode expansion to obtain
numerical results for the scattered field when the internal
structure is modelled as a mass-spring system, concluding
that at low frequencies the scattering is determined by the
joints between the internal structure and the shell, rather than
the details of the internal structure. The mass-spring system
was then replaced11–13by an internal plate and the numerical
results indicated that in the low and mid frequency ranges
whether the plate was pinned or clamped to the shell made
little difference to the far-field scattered sound, and that the
waves in the shell are strongly affected by geometric con-
straints imposed by the location of the attachment points,
rather than the dynamic response of the plate. Bondaryk and
Schmidt14 presented an analysis of experimental scattering
data, noting that there is interest in the mid-frequency range
where numerical methods tend to encounter large computa-
tional burdens, leaving a gap in the understanding of the
structure. Loftman and Bliss15 proposed a method to improve
computational efficiency of problems involving structural in-
homogeneity and fluid-loading, and demonstrated it by ap-
plying the method to a shell with lengthwise constraints.

These authors have thus used a variety of numerical
techniques to obtain scattering results for the various cylin-
drical geometries with lengthwise constraints. Their work
presents numerical results of the calculated far-field scattered
pressure over various frequency ranges, or of the numerical
efficiency of their method. Here, a model for the scattering
over a range of low frequencies by an elastic cylindrical shell
with simple lengthwise constraints is investigated, firstly us-
ing the circumferential mode expansion in order to generate
some numerical results, but then it is investigated further
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analytically in the asymptotic limit of heavy exterior fluid-
loading on the shell. This limit is appropriate to many prac-
tical underwater structures at low and mid frequencies, and
has been successfully applied to various plate16–18 and axi-
ally symmetric shell19,20 configurations. The shell stiffening
in this simple model is provided by intersecting internal
plates pinned to the shell, but neglects the dynamics of the
internal plates as previous work11–13 has indicated that this
will be of less importance than the geometrical configuration
of the attachment lines and the shell properties. Thus, as only
the attachment geometry is of interest it may also be consid-
ered as a model for other internal structures consisting of
non-intersecting plates or decking, for example. It is ex-
pected that this asymptotic analysis may be developed fur-
ther in order to include the dynamics of the internal structure
and/or other attachment methods, but for clarity of presenta-
tion these details are omitted here. Similarly, for simplicity
of exposition a symmetric geometry only is considered here,
although with some modification the asymptotic analysis
may also be applied to the case of non-symmetric angles of
incidence. The leading order asymptotic analysis presented
here allows the frequencies of peaks occurring in the scat-
tered sound field to be predicted approximately in terms of
the shell parameters and the geometry of the attachment
lines. The analysis presented here is not intended to replace
detailed numerical results, but to aid their interpretation in
terms of wave propagation in the fluid-loaded shell.

II. PROBLEM FORMULATION

In the problem under consideration an infinitely long
thin elastic cylindrical shell of radiusa, thicknessh, Young’s
modulusE, Poisson’s rations, and densityrs , is immersed
in fluid of densityr in which the sound speed isc. The shell
is empty except for two infinitely long rigid reinforcing
plates, representing either structural support or decking, as
shown in Fig. 1. A time-harmonic acoustic plane wave of

angular frequencyv,

pi~r ,z,f!5eiaz(
n50

`

eni n cosnfJn~gr !, ~1!

in which the time-harmonic factor exp(2ivt) is suppressed,
a52k cosuf , k5v/c, g5A(k22a2)5k sinuf , e051, en

52 otherwise, andJn is the Bessel function of the first kind
of ordern, is incident on the shell such that the direction of
propagation is symmetric with respect to the rigid plates, but
is oblique with respect to the axis of the shell, being at angle
u f to the axis.

The total acoustic pressure in the fluid may be decom-
posed as

p5pi1pr1pe , ~2!

where

pr52eiaz(
n50

`

eni n cosnfHn~gr !Jn8~ga!/Hn8~ga!, ~3!

in which Hn is the Hankel function of ordern and8 denotes
differentiation with respect to argument, is the scattered
sound field due to a rigid boundary atr 5a, and

pe~r ,z,f!5
rv2eiaz

k sinu f
(
n50

`

urn cosnfHn~gr !/Hn8~ga! ~4!

is the scattered sound associated with radial motion of the
shell surface, where the components of the shell displace-
ment have the Fourier series

S ur~z,f!

uz~z,f!

uf~z,f!
D 5eiaz(

n50

` S urn cosnf
uzn cosnf
ufn sinnf

D . ~5!

The rigid plates are assumed to be hinged to the shell,
hence at the lines where they are attached no moments are
transmitted when the shell vibrates, but the total reaction
force exerted on the shell may be expressed as

S Fr~z,f!

Fz~z,f!

Ff~z,f!
D 5eiaz (

m51

4 S Frmd~f2fm!

Fzmd~f2fm!

Ffmd~f2fm!
D , ~6!

whered denotes the delta function,Frm , Fzm, Ffm denote
the radial, axial, and tangential components of the reaction
force atf5fm andfm , m51,2,3,4 are the angular coordi-
nates of the four attachment lines. By using the Fourier series
expansion for thed-function, and noting that in this symmet-
ric problem Fr15Fr4 , Fr25Fr3 , Fz15Fz4 , Fz25Fz3 ,
Ff152Ff4 , andFf252Ff3 this may be written

S Fr~z,f!

Fz~z,f!

Ff~z,f!
D 5

eiaz

p (
n50

`

en (
m51

2 S Frm cosnfm cosnf
Fzmcosnfm cosnf
Ffm sinnfm sinnf

D . ~7!

Using the Donnell–Mushtari equations to describe the mo-
tion of the shell with the forces driving the motion given by
Eqs. ~1!–~4! and ~7!, the equation governing thenth har-
monic of the shell displacement is found to be

FIG. 1. Cross-sectional geometry of the problem,~a! elastic cylindrical shell
with rigid reinforcing plates,~b! elastic cylindrical shell with rigid decking.
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S~a,n!S urn

uzn

ufn

D 5S 22ieni n/pgaHn8~ga!

0
0

D
1

en

p (
m51

2 S Frm cosnfm

Fzmcosnfm

Ffm sinnfm

D , ~8!

where the elements of the dynamic stiffness matrixS(a,n)
for the shell with exterior fluid loading are

S115E1@1/a21b2~a2a412n2a21n4/a2!#

2rsv
2h1rv2Hn~ga!/gHn8~ga!, ~9a!

S125E1ias/a, ~9b!

S135E1n/a2, ~9c!

S2152S12, ~9d!

S225E1@a21n2~12s!/2a2#2rsv
2h, ~9e!

S2352E1ian~11s!/2a, ~9f!

S315S13, ~9g!

S3252S23, ~9h!

S335E1@a2~12s!/21n2/a2#2rsv
2h, ~9i!

whereE15Eh/(12s2) andb25h2/12a2.

Thus, once the reaction forces are known
(urn ,uzn ,ufn)T is obtained from Eq.~8!, and hence the
acoustic pressure due to the motion of the shell is calculated
from Eq. ~4!. The unknown reaction forces are determined
by considering the motion of the rigid plates.

A. Oblique incidence, u fÅ90°

Along the lines where the shell is attached to the plates
the shell displacement is equal to the plate displacement,
which may only be that of rigid body motion. Equation~5!
shows that the displacement of the shell is everywhere pro-
portional to to exp(iaz). Hence, along the linesf5f1 and
f5f2 the only possible rigid body motion is zero motion,
i.e.,

(
n50

` S urn cosnf1

uzn cosnf1

ufn sinnf1

D 5 (
n50

` S urn cosnf2

uzn cosnf2

ufn sinnf2

D 5S 0
0
0
D . ~10!

Equation~8! allows the terms in this summation to be written

S urn cosnf
uzn cosnf
ufn sinnf

D 5
22ieni n

pgaHn8~ga! S S21~a,n!11cosnf
S21~a,n!21cosnf
S21~a,n!31sinnf

D
1

en

p (
m51

2

M ~a,n,m,f!S Frm

Fzm

Ffm

D , ~11!

where

M ~a,n,m,f!5S S21~a,n!11cosnfm cosnf S21~a,n!12cosnfm cosnf S21~a,n!13sinnfm cosnf

S21~a,n!21cosnfm cosnf S21~a,n!22cosnfm cosnf S21~a,n!23sinnfm cosnf

S21~a,n!31cosnfm sinnf S21~a,n!32cosnfm sinnf S21~a,n!33sinnfm sinnf
D . ~12!

Hence, evaluating Eq.~11! at f5f1 andf5f2 in turn and
performing the infinite summation of Eq.~10! leads to the
matrix equation for the reaction forces

BS Fr1

Fz1

Ff1

Fr2

Fz2

Ff2

D 5
2i

ga (
n50

`
eni n

Hn8~ga! S S21~a,n!11cosnf1

S21~a,n!21cosnf1

S21~a,n!31sinnf1

S21~a,n!11cosnf2

S21~a,n!21cosnf2

S21~a,n!31sinnf2

D ,

~13!

where

Bi j

5

¦

(
n50

`

enM ~a,n,1,f1! i j if i 51,2,3, j 51,2,3

(
n50

`

enM ~a,n,2,f1! i ~ j 23! if i 51,2,3, j 54,5,6

(
n50

`

enM ~a,n,1,f2!~ i 23! j if i 54,5,6, j 51,2,3

(
n50

`

enM ~a,n,2,f2!~ i 23!~ j 23! if i 54,5,6, j 54,5,6

.

~14!

Thus the reaction forces, and hence the scattered pressure,
may be evaluated by truncating the infinite sums after a suit-
ably large finite number of terms to evaluate the matrix ele-
ments and then inverting the resulting matrix equation.
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B. Normal incidence, u fÄ90°

For normal incidencea50 and the problem becomes
independent of the axial coordinatez, and in particularuzn

50 andFzm50. This permits rigid body motion of the in-
ternal plate structure in the propagation direction of the inci-
dent wave. Thus in this case the boundary condition~10! at
f5f1 andf5f2 is modified to

(
n50

` S urn cosnf
ufn sinnf D5US cosf

2sinf D , ~15!

whereU is the displacement of the rigid plate structure in the
propagation direction of the incident wave, together with an-
other equation obtained by considering the equation of mo-
tion of the plates,

2 (
m51

2

~Frm cosfm2Ffm sinfm!5Mv2U, ~16!

whereM is the mass per unit axial length of the rigid plates.
Hence, the equation for determining the reaction forces for
normal incidence is

S B11 B13 B14 B16 2cosf1

B31 B33 B34 B36 sinf1

B41 B43 B44 B46 2cosf2

B61 B63 B64 B66 sinf2

2cosf1 sinf1 2cosf2 sinf2
Mv2

2p

D
3S Fr1

Ff1

Fr2

Ff2

pU

D 5
2i

ga (
n50

`
eni n

Hn8~ga! S S21~a,n!11cosnf1

S21~a,n!31sinnf1

S21~a,n!11cosnf2

S21~a,n!31sinnf2

0

D .

~17!

This somewhat artificial mathematical distinction be-
tween normal and oblique incidence arises from the idealized
concept of a completely rigid internal structure. In practice
the internal structure will not be completely rigid and the
behavior of the system will be continuous asu f passes
through 90°. However, the analysis and interpretation of the
behavior of the idealized structure should provide a reason-
able approximation to that of a very stiff structure.

III. HEAVY FLUID LOADING ASYMPTOTIC ANALYSIS

Sums of the type needed to calculate the elements of the
matrix B have been evaluated asymptotically in the limit of
heavy fluid loading. Heavy fluid loading means thata1

@a0 anda1@k, where

a15~rv2/D !1/5, ~18!

a05~rsv
2h/D !1/4, ~19!

D5E1b2a2, ~20!

andD is the bending stiffness of an equivalent elastic plate
with the same thickness as the shell,a1 is the free wave
number of such a plate with fluid loading anda0 is the free
wave number of the platein vacuo. The heavy fluid loading
conditions are therefore satisfied, for example, over a range
of low frequencies for steel shells of practical thicknesses in
water. Skelton21 has shown that forA defined as

A~a,f!5 (
n50

`

en

3S S11
21 cosnf S12

21 cosnf 2S13
21 sinnf

S21
21 cosnf S22

21 cosnf 2S23
21 sinnf

S31
21 sinnf S32

21 sinnf S33
21 cosnf

D
~21!

the leading order terms in the asymptotic expansion of the
elements ofA in the heavy fluid-loading limit are

A11~a,f!;5 2
2pa

5Da2
3 H cotS 2p

5 D1cot~pa2a!J if ufu50,2p,4p,... ,

2
2pa

5Da2
3

cos~~p2ufu!a2a!

sin~pa2a!
if ufu,2p,fÞ0,

as a1a→`, ~22!

A12~a,f!;OS ln~a1a!

~a1a!5 D;A21~a,f! as a1a→`. ~23!

A13~a,f!52A31~a,f!H [0 if ufu50,2p,4p,... ,

;
2p

5Da2
4 sign~f!

sin~~p2ufu!a2a!

sin~pa2a!
if ufu,2p,fÞ0,

as a1a→`, ~24!

A22~a,f!5
;

p/~11s!

rsv
2h H ~2P22~12s!Q2!

P

cosP2~p2ufu!
sinpP2

2Q~11s!
cosQ2~p2ufu!

sinpQ2
J , ufu<2p,

aÞ0 as a1a→`,

[2
pQ cosQ~p2ufu!

rsv
2h sinpQ

, a50,

~25!
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A23~a,f!5A32~a,f!H [0 if ufu50,2p,... ,

;
iaap sign~f!

rsv
2h H sinP2~p2ufu!

sinP2p
2

sinQ2~p2ufu!
sinQ2p J if ufu,2p, fÞ0,

as a1a→`,

~26!

A33~a,f!;
p

rsv
2h

12s

11s H ~R22Q2!cosQ2~p2ufu!
Q sinpQ2

1
~P22R2!cosP2~p2ufu!

P sinpP2
J , ufu<2p as a1a→`, ~27!

wherea2 is a more accurate value for the component in the
‘‘tangential’’ direction of the free wave number in the fluid-
loaded plate andx5a2a is the positive real root of the quin-
tic polynomial

x~~x21a2a2!22~a0a!4!2~a1a!550, ~28!

P25a2~rsv
2h/E12a2!, ~29!

Q25a2~2rsv
2h/E1~12s!2a2!, ~30!

R25a2~2rsv
2h/E122a2!/~12s!, ~31!

and P2 and Q2 are more accurate values for the poles of
S22

21 , which includeO(1/r) corrections to the first order ap-
proximations,P andQ,

P2;P2F~a,P!/2PE1
2~12s!~P22Q2!S11~a,P!,

~32!

Q2;Q1F~a,Q!/2QE1
2~12s!~P22Q2!S11~a,Q!,

~33!

where

F~a,n!5S13~S21S322S22S33!2S12~S21S332S23S31!.
~34!

It is straightforward to express the elements of the ma-
trix B in terms of the elements ofA. Thus, taking into ac-
count the symmetries of this problem and retaining only
terms of order up to (1/a1a)3, the matrixB may be approxi-
mated in the heavy fluid-loading limit as

B5
1

2 S B11 0 0 B14 0 0

0 B22 B23 0 B25 B26

0 2B23 B33 0 B26 B36

B14 0 0 B11 0 0

0 B25 2B26 0 B22 2B23

0 2B26 B36 0 B23 B33

D
1OS 1

~a1a!4D ~35!

in which

B115A11~a,0!1A11~a,2f1!, ~36!

B145A11~a,2f12p!1A11~a,p!, ~37!

B225A22~a,0!1A22~a,2f1!, ~38!

B2352A23~a,2f1!, ~39!

B255A22~a,2f12p!1A22~a,p!, ~40!

B265A23~a,2f12p!, ~41!

B335A33~a,0!2A33~a,2f1!, ~42!

B365A33~a,2f12p!2A33~a,p!, ~43!

in which the heavy fluid-loading approximations to the ele-
ments ofA given by Eqs.~22!–~27! are now to be used.
Hence, in the heavy fluid-loading limit, Eq.~13! may be
rearranged as

S B11 B14

B14 B11
D S Fr1

Fr2
D5

4i

ga (
n50

`
eni n cosnf1S21~a,n!11

Hn8~ga!

3S 1
~21!nD5S X1

X2
D , ~44!

together with

S B22 B23 B25 B26

2B23 B33 B26 B36

B25 2B26 B22 2B23

2B26 B36 B23 B33

D S Fz1

Ff1

Fz2

Ff2

D
5

4i

ga (
n50

`
eni n

Hn8~ga! S S21~a,n!21cosnf1

S21~a,n!31sinnf1

S21~a,n!21~21!n cosnf1

2S21~a,n!31~21!n sinnf1

D ,

~45!

in which the equations for the radial forces have been decou-
pled from those for the axial and tangential forces to leading
order. The elementsB13, B16, B31, B34, B43, B46, B61, and
B64, which areO(1/(a1a)4) and have been neglected in
obtaining Eqs.~44! and ~45!, are in general nonzero and
hence provide a small amount of coupling between the radial
and the axial and circumferential equations.

Since in the heavy fluid-loading limit the terms in the
matrices on the right-hand side of Eqs.~44! and ~45! are all
of orderO(1/(a1a)5) asa1a→` and the elementsX1 and
X2 in Eq. ~44! are of orderO(1/(a1a)3) and the elements of
the vector on the left-hand side of Eq.~45! are O(1) it is
clear that, unless the matrices are singular, the radial forces
exhibit O(1/(a1a)2) behavior, and the tangential and axial
forces exhibitO(1/(a1a)5) behavior. In addition, sinceA11

is O(1/(a1a)3), A12 is O(ln(a1a)/(a1a)5), and A13 is
O(1/(a1a)4) the component of the radial displacement due
to these radial reaction forces isO(1/(a1a)5), that due to the
axial reaction forces isO(ln(a1a)/(a1a)10), and that due to
the tangential reaction forces isO(1/(a1a)9). Hence, unless
the matrices on the left-hand side of Eq.~44! and ~45! are
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singular the dominant contribution to the radial displacement
of the shell, and the scattered pressure attributable to the
presence of the rigid plates, is that from the radial reaction
forces. Thus, some very narrow peaks in the scattered field
may be expected when the determinant of the matrix in Eq.
~45! is zero, i.e., when

@~B252B22!~B361B33!2~B231B26!
2#

3@~B251B22!~B362B33!2~B232B26!
2#50, ~46!

but with even a very small amount of damping included in
the problem the level of such peaks will be small compared
to the scattering due to the radial reaction forces and not
many such peaks may be expected to be observed. This
equation will not be investigated further here. As the main
contribution to the scattered sound due to the plates is ex-
pected to be due to the radial reaction forces, Eq.~44! is
investigated further. Thus it is found that to leading order

Fr11Fr25~X11X2!/~B111B14!, ~47!

Fr12Fr25~X12X2!/~B112B14!. ~48!

The combination of radial reaction forces in Eq.~47! is that
which occurs as the forcing term in Eq.~8! for even harmon-
ics, and the combination in Eq.~48! is that which occurs for
odd harmonics. Hence, for even harmonics peaks will occur
in the scattered sound field due to the rigid plates at frequen-
cies whose leading order approximation is obtained from

B111B1450, ~49!

and for odd harmonics the frequencies are obtained from

B112B1450. ~50!

The conditions for peaks in the scattered sound field,
Eqs.~49! and~50! may be interpreted in terms of the recep-
tance of the fluid-loaded cylindrical shell in the heavy fluid-
loading limit.21 The asymptotic approximations Eqs.~22!–
~24! for the receptance indicate that when a radial line force
with eiaz variation is applied to the shell atf50 it excites,
to leading order, radial motion in the shell in the form of a
disturbance which decays with distance from the application
line together with flexural waves which propagate helically
around the shell with the same wavenumber as in an elastic
plate of the same thickness with heavy fluid loading, and

whose propagation direction makes the angle tan21(a2 /a) to
the axis of the shell. As the fluid loading is heavy the decay-
ing disturbance is only significant very close to the applica-
tion line. Interference between the two propagating helical
waves leads to a circumferential standing wave pattern with
nodes whenufua is an odd number of14 circumferential
wavelengths, and to large displacement amplitudes else-
where when a whole number of half circumferential wave-
lengths fit around the shell circumference.

By considering radial line forcesF̃r1 and F̃r2 acting on
the shell, as in this scattering problem, it is clear that if these
forcesalone are such that they produce no radial displace-
ment at f1 and f2 then neither will their multiples and
hence large amplitude reaction forces are possible which can
excite large amplitude shell vibrations at other circumferen-
tial locations and hence large scattering amplitudes. The con-
ditions for this to occur are

F̃r1A11~a,0!1F̃r1A11~a,2f1!

1F̃r2A11~a,p22f1!1F̃r2A11~a,p!50,
~51!

F̃r1A11~a,p22f1!1F̃r1A11~a,p!

1F̃r2A11~a,0!1F̃r2A11~a,2f1!50.

Adding and subtracting these equations leads to the equiva-
lent formulation

~ F̃r11F̃r2!$A11~a,0!1A11~a,2f1!

1A11~a,p22f1!1A11~a,p!%50,
~52!

~ F̃r12F̃r2!$A11~a,0!1A11~a,2f1!

2A11~a,p22f1!2A11~a,p!%50,

from which it may be deduced that for even harmonics, for
which F̃r11F̃r2 is nonzero, the condition for peaks in the
scattered field isB111B1450, while for odd harmonics for
which F̃r12F̃r2 is nonzero, the condition for peaks in the
scattered field isB112B1450.

A. Even harmonics

Equations~36!, ~37!, and~22! allow B111B14 to be writ-
ten, after some algebraic manipulation, as

B111B145

22paH sinS pa2a

2
1

2p

5 D1sinS 2p

5 D cosS ~p24f1!
a2a

2 D J
5Da2

3 sinS pa2a

2 D sinS 2p

5 D . ~53!

Hence, for the even harmonics peaks occur when

sin~l12p/5!52sin~2p/5!cos~~124f1 /p!l! ~54!

provided that

sinlÞ0, ~55!

wherel5pa2a/2. For a given value off1 values forl and
thus for a2a may be found by solving this equation. Some
examples of the solutions forl for particular values off1

are given below. The leading order approximation for the
frequencies for the peaks are determined by substituting
these particular values fora2a into Eq. ~28!, regarding it as
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a quadratic equation forv2, whose solution is therefore
known explicitly.

1. Solutions for l when f1Ä45°, perpendicular plates

For perpendicular platesf15p/4 and Eq.~54! reduces
to

sin~l12p/5!52sin~2p/5!, ~56!

whose solutions are thus known exactly. Those for which
sinlÞ0 are

l5~2m11!p1p/5, m50,1,2,... . ~57!

2. Solutions for l when f1Ä30°

Whenf15p/6 Eq. ~54! reduces to

sin~3c12p/5!52sin~2p/5!cos~c!, ~58!

wherel53c, which may be expanded, making use of trigo-
nometric identities, to a cubic equation for tanc:

tanc~32tan2 c!cos~2p/5!522 sin~2p/5!~12tan2 c!.
~59!

This has three real roots, tanc1, tanc2, tanc3, say, and
hence, writingl j53c j , the solutions forl are

l5l j13mp, j 51,2,3, m50,1,2,... . ~60!

3. Solutions for l when f1Ä60°

When f15p/3 Eq. ~54! again reduces to Eq.~58! and
hence the solutions forl are also given by Eq.~60! in this
case.

B. Odd harmonics

Equations~36!, ~37!, and~22! allow B11–B14 to be writ-
ten, after some algebraic manipulation, as

B112B145

22paH cosS pa2a

2
1

2p

5 D2sinS 2p

5 D sinS ~p24f1!
a2a

2 D J
5Da2

3 cosS pa2a

2 D sinS 2p

5 D . ~61!

Hence, for the odd harmonics peaks occur when

cos~l12p/5!5sin~2p/5!sin~~124f1 /p!l! ~62!

provided that

coslÞ0. ~63!

1. Solutions for l when f1Ä45°, perpendicular plates

For perpendicular platesf15p/4 and Eq.~62! reduces
to

cos~l12p/5!50, ~64!

whose solutions are thus known exactly as

l5mp1p/10, m50,1,2,... . ~65!

2. Solutions for l when f1Ä30°

Whenf15p/6 Eq. ~62! reduces to

cos~3c12p/5!5sin~2p/5!sin~c!, ~66!

which, after making use of trigonometric identities and not-
ing that the required solutions must have nonzero values for
cosc in order to satisfy Eq.~63!, is equivalent to the equa-
tion

cos~2p/5!~123 tan2c!54 sin~2p/5!tanc. ~67!

Equation~67! is a quadratic equation for tanc, whose two
solutions, tanc4 and tanc5 are

tanc
5
45~22 tan~2p/5!6A4 tan2~2p/5!13!/3. ~68!

Hence the solutions forl in this case are

l5 H3mp1l4 ,
3mp1l5 , m50,1,2,... . ~69!

3. Solutions for l when f1Ä60°

Whenf15p/3 Eq. ~62! reduces to

cos~3c12p/5!52sin~2p/5!sin~c!, ~70!

which, reduces to a cubic equation for tanc:

123 tan2 c52 tan~2p/5!tanc~12tan2 c!. ~71!

The substitutionc5p/21c8 allows this equation to be re-
written as

tanc8~32tan2 c8!cos~2p/5!522 sin~2p/5!~12tan2 c8!,
~72!

which is Eq.~59! rewritten with variablec8. Hence the so-
lutions forl in this case are related to those obtained for the
even harmonics forf15p/6:

l5l j13p/213mp, j 51,2,3, m50,1,2,... . ~73!

IV. NUMERICAL RESULTS

Fortran computer programs have been written to calcu-
late the reaction forces from Eq.~13! and the total far-field
scattered pressure from Eqs.~3!, ~4!, ~8!, and the large argu-
ment asymptotic form of the Hankel function. Figures 2 and
3 show results obtained for a steel cylindrical shell,E
519.531010, s50.29,rs57700, of radiusa55, and thick-
ness h50.05, immersed in water,r51000, c51500. In
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each graph shown the incident plane wave propagates at 45°
to the axis of the shell,u f5p/4. These figures show the total
scattered field in particular circumferential harmonics,n, us-
ing a dB scale, where the quantity plotted as a solid line is

20 log10@ lim
r→`

ur 1/2~prn1pen!u#1120,

and on the same scale the component of the scattered field
attributable to the presence of the internal rigid plates is
shown as a broken line and that attributable to scattering by
the unstiffened shell is shown as a dotted line. In all of the

calculations, the infinite summation which occurs in Eq.~13!
is approximated by its first 200 terms. The frequency range
shown in each of the figures is 10–500 Hz, with results cal-
culated at intervals of 1 Hz. This is contained within the
frequency range for which the heavy fluid-loading
asymptotic results~22!–~27! are appropriate.21

Figure 2 shows results for~a! n50 harmonic,~b! n
51 harmonic,~c! n52 harmonic, and~d! n53 harmonic
for perpendicular internal plates,f1545°. In Figs. 2~a!, ~b!,
and~d! the field due to the internal plates consists of several

FIG. 2. Far-field scattered pressure~dB! as a function of frequency~Hz! for a plane wave incident at 45° to steel cylindrical shell of radius 5 m, thickness 0.05
m with perpendicular internal plates,f1545°, in water.~a! n50 harmonic,~b! n51 harmonic,~c! n52 harmonic,~d! n53 harmonic. —, total scattered
field; - - -, scattering due to reaction forces only,̄, scattering by unstiffened shell.

FIG. 3. Far-field scattered pressure~dB! as a function of frequency~Hz! for a plane wave incident at 45° to steel cylindrical shell of radius 5 m, thickness 0.05
m with internal plates,f1530°, in water.~a! n50 harmonic,~b! n51 harmonic,~c! n52 harmonic,~d! n53 harmonic. —, total scattered field, - - -,
scattering due to reaction forces only,̄ , scattering by unstiffened shell.
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wide peaks whose effects can also be observed when com-
bined with the scattered field due to a rigid surface and an
unconstrained elastic surface in the total field. The frequen-
cies of the peaks for then51 harmonic coincide with those
for the n53 harmonic, but not those of then50 harmonic.
There are twice as many peaks for then51 or n53 harmon-
ics as there are for then50 harmonic. Similar wide peaks
are however absent from then52 harmonic. The scattering
due to the internal plates is much less than that of the uncon-
strained shell at frequencies above about 100 Hz. There are a
few very narrow peaks but their magnitude does not greatly
affect the total scattered field. From Eq.~8! it is clear that
only the circumferential reaction forces contribute to the
shell displacement for then52 harmonic. These are known
to have a smaller effect on the sound field than the radial
forces, and have not been further investigated here. The fea-
tures of Fig. 2 noted above are thus in qualitative agreement
with the results~57! and~65! obtained by asymptotic analy-
sis for the heavy fluid-loading limit. From the leading order
theory, Eq.~57! predicts peaks for then50 harmonic at 35,
73, 127, 196, 283, and 387 Hz whenu f5p/4. For the odd
harmonics whenu f5p/4, Eq.~65! predicts peaks at 20, 33,
50, 71, 95, 123, 156, 192, 233, 278, 327, 381, and 440 Hz.
There is thus also good qualitative agreement with the nu-
merical results presented in Fig. 2, with most predicted fre-
quencies within 2 Hz of the values obtained numerically.
Including extra terms in Eq.~28! to determinea2 more ac-
curately or including a correction term to take account of the
small amount of coupling between the equations for the ra-
dial forces and the axial and circumferential forces, noted
after Eq.~45!, may reduce this discrepancy further.

Figure 3 shows corresponding results for the same cy-
lindrical shell when the internal plates are no longer perpen-
dicular, but havef1530°. In Figs. 3~a!, ~b!, and~c! the field
attributable to the internal plates consists of several fairly
wide peaks whose presence can be observed in the plots of
the total scattered field. The frequencies of the peaks for the
n50 harmonic coincide with those of then52 harmonic,
but not those of then51 harmonic. In a frequency interval
with approximately two wide peaks for then51 harmonic,
the n50 and n52 harmonics each exhibit approximately
three wide peaks. The number of peaks for then50 or n
52 harmonics whenf15p/6 is approximately twice the
number for then50 harmonic whenf15p/4. The number
of peaks for then51 harmonic whenf15p/6 is approxi-
mately 2/3 of the number of peaks for then51 or n53
harmonics whenf15p/4. For then53 harmonic signifi-
cant wide peaks are absent. From Eq.~8! it is clear that when
f15p/6, only the circumferential component of the reaction
forces contributes to the shell excitation for then53 har-
monic. These are expected to have a smaller effect than the
radial forces and have not been investigated here. However,
some peaks of relatively small magnitude can be observed in
Fig. 3~d!, at the same frequencies as those observed for the
n51 harmonic in Fig. 3~b!. This is due to the small amount
of coupling, noted after Eq.~45!, between the equations for
the radial forces and the axial and circumferential forces,
which was neglected in the analysis above, but if included
may lead to a peak of small magnitude in the axial and cir-

cumferential forces at frequencies primarily associated with
peaks of the radial forces. The features noted above are thus
in qualitative agreement with Eqs.~60! and ~69! for f1

5p/6 and Eqs.~57! and ~65! for f15p/4. Whenf15p/6
andu f5p/4 Eq. ~60! predicts peaks for then50 andn52
harmonics at 17, 27, 37, 65, 84, 102, 146, 175, 202, 265,
304, 340, 423, and 474 Hz. Equation~69! predicts peaks for
the n51 harmonic at 28, 50, 86, 123, 178, 232, 308, 380,
and 479 Hz. Thus there is good qualitative agreement be-
tween the asymptotic results for heavy fluid-loading and the
numerical results presented in Fig. 3.

V. CONCLUDING REMARKS

The presence of internal rigid stiffening plates or deck-
ing in an elastic cylindrical shell results in constraints at the
attachment points, and has a significant effect on the scat-
tered sound field. Numerical results from the formulation
presented here show that this results in a number of peaks in
the scattered sound field as a function of frequency.
Asymptotic analysis in the heavy fluid-loading limit, which
is appropriate to many practical underwater structures over a
significant range of low frequencies allows these peak fre-
quencies to be predicted. In this range of parameters the most
significant scattering due to the constraints is that due to the
radial reaction forces. For a particular stiffened elastic shell
peaks in the scattered field occur, to leading order, at the
same frequencies for all the even circumferential harmonics.
Similarly, to leading order, for all the odd circumferential
harmonics the peaks in the scattered field occur at the same
frequencies, but different from those for the even harmonics.
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Helical flexural waves on a bluntly truncated tilted water-filled cylindrical steel shell in water are
found to give large contributions to the backscattering above the coincidence frequency. The
presence of the water inside the shell increases the damping of the leaky wave when short tone
bursts are used. The magnitude of the scattering is found by modifying a ray analysis developed for
empty shells. When longer bursts are used, some of the internally radiated energy~corresponding to
the case of one internal chord! is superposed on the ordinary helical ray backscattering. This occurs
as a consequence of the internal excitation of helical rays. ©2003 Acoustical Society of America.
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I. INTRODUCTION

Simple approximations to the scattering by penetrable
truncated cylinders have long been of general interest.1 Re-
cent work has shown that leaky helical flexural waves con-
tribute significantly to the high-frequency backscattering by
tilted empty cylindrical truncated shells in water.2–5 In this
letter, we report observations of related backscattering con-
tributions fromwater-filledcylindrical shells where the heli-
cal wave scattering mechanisms and amplitudes are modified
by the presence of the fluid interior. A simple approximation
is presented for estimating important contributions to the
scattering amplitudes above the coincidence frequency. In
contrast to the empty cylinder case, helical waves leak en-
ergy into the inner fluid of the cylindrical shell as well as the
outer fluid. Thus, the damping rate of leaky helical waves is
increased and their resulting backscattering contributions are
decreased as compared to the case of an evacuated~or air-
filled! interior. However, sound rays crossing the interior
may excite additional helical waves on the shell~see Fig. 1!,
yielding backscattering returns not present in the empty shell
case. These returns, when superposed with the regular re-
turns, yield larger backscattering magnitudes than those ob-
tained from considering the regular returns alone. The ex-
ample considered is the case of a moderately thick steel
shell. The scattering considered significantly exceeds the dif-
fraction from flat the ends of rigid cylinder having the same
size as the shell.

Blonigen3 derived the leaky helical ray contribution to
the backscattering form function of empty tilted cylinders
that is restated here to within an overall phase factor:

f n52S 8a

sinc DBdn exp~ ikpsn2 ikdn sing!. ~1!

The form function is defined such that its magnitude is unity
for the case of geometric reflection from a sphere having the

same radius as the cylinder.2,6 The geometry is shown in Fig.
2 of Ref. 3. The subscriptn denotes the order of helical ray
contributing to the backscattering, where the quantityn11 is
equal to the number of complete circumnavigations of the
cylinder by the helical ray. On the right-hand side of Eq.~1!,
a is the damping rate of leaky rays on the cylinder andkp

5kl1 ia is the complex leaky wave number computed as
described in Ref. 5. Here,kl5k(c/cl) is the real part of the
leaky wave number wherek is the wave number in water,cl

is the phase velocity (cl.c) of the leaky wave of typel, and
c is the speed of sound in water. The phase factors depend on
the geometry of the helical ray path, wheresn is the path
length of the helical ray on the cylinder anddn is an effective
aperture length of the target as explained in Sec. II of Ref. 3.
The factorB is the reflection coefficient for the reflection of
helical waves off the far cylinder truncation; such a reflection
process is necessary before the helical rays will reradiate in
the backscattering direction. Finally,c is the pitch angle of
the helical ray path andg is the tilt angle of the cylinder
measured from broadside incidence.5 The approximation
uBu51 is used because the frequency is far below the thresh-
old for propagation of higher-order antisymmetric Lamb
waves on a plate having the same thickness as the cylinder.4

The open-cylinder geometry considered below avoids some
of the complications resulting from end-caps.

Equation~1! must be modified in the case of a water-
filled interior. The leaky wave damping parametera in-
creases in going to the water-filled case. Calculations for the
supersonic flexurala0 Lamb wave on metal plates in water
give a2'2a for the damping parametera2 in the two-sided
symmetric fluid loading case where the damping parameter
is a in the case of fluid loading on one side of the plate only.7

The same damping relationship should also hold to a good
approximation between the filled and empty shell cases.
Thus, Eq.~1! may be modified to give the result

f n52S 8a

sinc DBdn exp~ ik lsn22asn2 ikdn sing! ~2!

for the backscattering form function of thenth order helical
wave contribution for a water-filled shell. Note that the sub-
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stitution a252a is not made in the prefactor of this expres-
sion. This is because the prefactor, when expressed in terms
of a2 , contains an extra factor of 1/2 for the case of a shell
fluid loaded on both sides.8 Note that Eq.~2! is to be evalu-
ated using the leaky wave parameterskl anda for the case of
an evacuatedcylindrical shell since the effect of fluid load-
ing on kl is small. Physically, this doubling of the damping
parameter in the factor exp(22asn) of Eq. ~2! takes into
account the fact that leaky waves reradiate on both sides of
the shell in the water-filled case. The prescription for dou-
bling the leaky wave damping is evident for the case of a
plate fluid loaded on both sides since energy is lost to the
surrounding fluid at the same rate on both sides of the plate.
In the case of a shell that wraps around on itself, the energy
reradiated to the interior of the shell may re-excite more
leaky rays on the shell from within.

The relevant ray paths for the water-filled shell experi-
ments are shown in the diagram in Fig. 1. Only helical rays
of the first classare shown, that is, rays which travel only
once around the backside of the cylinder~these correspond to
helical wave ordern50). Figure 1 gives a diagram of the
water-filled shell as seen in the base plane. The leaky helical
waves are excited by an incident ray at point A at some
azimuthal anglef as measured from the meridian. This angle
is determined from a wave-vector matching coupling condi-
tion. The resulting leaky ray, labeled as thefirst helical rayin
the figure, reradiates into the interior fluid of the shell as well
as into the outer fluid. It travels once around the backside of
the shell and reradiates into the backscattering direction~as-
suming it has reflected once off the cylinder truncation! at
azimuthal angle2f ~point D!. This is a regular helical wave
contribution that was also observed in the air-filled shell ex-
periments of previous work.3 Starting at point A, the first
helical ray reradiates into both the inner and outer fluids. One
ray crosses the interior of the shell from point A to point B as
shown in Fig. 1. This ray path is referred to as thefirst chord

ray since it has one internal chord in its ray path. At point B,
which is at azimuthal anglep–f, the first chord ray excites a
leaky helical ray from the interior of the shell, as the cou-
pling condition is also satisfied there. This helical ray also
travels once around the backside of the cylinder and can
contribute to the backscattering as the leaky ray reaches
point D at azimuthal angle2f. There are other first chord
rays where the internal ray is generated at other points along
the ray path for azimuthal angles.f, yet the backscattering
contributions produced by such rays all have the same arrival
time. Both the first helical and first chord rays are grouped
under the heading of helical rays belonging to the first class
since the ray path goes around the backside of the cylinder
only once.

II. BACKSCATTERING EXPERIMENTS: WATER-
FILLED SHELLS

The backscattering contributions of the first helical ray
and the first chord ray were investigated in experiments with
a water-filled cylindrical shell target. The same cylinder used
in the air-filled shell experiments of Ref. 3 was employed as
a target.~This is the thicker of the two shells previously
considered2,3,5 with outer radiusa521 mm, thickness53.4
mm, and length5245 mm.! The endcaps were removed, al-
lowing the interior of the cylinder to be freely flooded. The
cylinder was suspended by fishing line passed through the
interior of the shell. In the experiment, five cycle tone bursts
were used with a center frequency of 225 kHz, which corre-
sponds toka520. Backscattered records were recorded at
every 0.5° of tilt angle fromg510° to g530°. The records
are displayed in Fig. 2, cascaded as a function of the tilt
angle. Also shown in Fig. 2 are the predicted arrival times for
various scattering contributions due to flexural (a0) helical
leaky waves. The two solid curves give the leading-edge
arrival times for the first helical and first chord rays. The
earlier arrival corresponds to that of the first helical ray. The
dashed curve gives the arrival times for the second helical
wave (n51). The contribution due to the first helical ray is
weaker than in the air-filled shell experiments2,3 because the
damping is larger in the water-filled shell case. With the ar-
rival of the first chord contribution, however, the magnitude
of the backscattered signal rises abruptly in Fig. 2. Thus, it is
important to consider the contributions from ray paths with
internal chords for water-filled shells. Inspection of Fig. 2
suggests that withg,17° the chord signal arrives close to
the build up of the first helical signal visible on the left of the
second curve.

The experimental form function magnitude of the first
helical wave contribution alone was determined from the
maximum of the envelope of the backscattered signal in the
time interval between the arrival of the first helical ray and
the arrival of the first chord ray. This was evaluated by con-
structing the analytic signal. The amplitude calibration pro-
cedure described in Appendix B of Ref. 6 was used. For tilt
angles greater than 27°, the relevant time window lies be-
tween the arrival of the first helical wave and the second
helical wave, since there the second helical wave arrives be-
fore the first chord ray contribution. The objective was to
gate out all contributions except that of the first helical wave

FIG. 1. Rays for helical wave backscattering contributions for the water-
filled cylindrical shell as projected onto the base plane. Helical waves are
launched by incident rays at point A and reradiate into the inner and outer
fluid. The first helical wave is launched at point A and reradiates in the
backscattering direction at point D as in the air-filled case. A crossing ray in
the shell interior is reradiated at point A and launches another helical ray at
point B, which also reradiates in the backscattering direction at point D. This
is referred to as the first chord contribution. The dashed chord shown from
point B causes a weaker second chord contribution that is as not investi-
gated.
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arrival and consider that contribution alone. The lower set of
solid circles in Fig. 3 gives experimental values for the first
helical wave arrival for the water-filled shell plotted as a
function of the tilt angle. The solid curve is the steady state
form function magnitude for the first helical wave return,
u f n(ka,g)u, wheref n(ka,g) is given by Eq.~2! for a water-
filled cylindrical shell,n50 for the first helical wave arrival,
and ka520. Though the general magnitudes are in agree-
ment with Eq.~2!, there is extra structure to the experimental
form function. Inspection of Fig. 2 suggests that the first
helical wave contribution was not always isolated from other
contributions. The other contributions may affect the ob-
served structure.

An additional experiment was done with the water-filled
shell at the same frequency (ka520) and over the same tilt
angle range~10°,g,30°! but using longer tone bursts of 12
cycles. Such bursts are sufficiently long to enable the first
helical ray and first chord ray contributions to interfere. An
experimental form function value was calculated using the
maximum of the envelope of the backscattered signal in the
time window where the first helical and first chord contribu-
tions interfere. This time window lies between the arrival of
the first chord ray and the second helical ray, which was
purposely gated out. The time window was also modified in
order to exclude possible interference from edge diffracted
returns. These values for the experimental form function are
plotted as open circles in Fig. 3. The theoretical form func-
tion magnitude of the first helical wave contribution for the
air-filled shell, Eq.~1!, is shown as the dashed line in Fig. 3.

The results of the air-filled shell experiments, Fig. 6 of Ref.
3, are also replotted here as the upper set of solid circles.
Comparing those plots with the open circles suggests the
superposition of the first helical and first chord contribution
is similar in general magnitude and structure to the form
function for the first helical wave alone for the air-filled tar-
get. The open circles lie in between the solid and dashed
curves in Fig. 3.

III. DISCUSSION

The backscattering experiment for a tilted water-filled
cylindrical shell shows that the modified theoretical form
function for leaky helical flexural wave backscattering con-
tributions, given by Eq.~2!, is in moderate agreement with
the experimental data for nearly isolated helical rays that
have traveled once around the backside of the cylinder. It
was also demonstrated that the experimental form function
increases when the contribution of the ray with one internal
chord is superposed on the regular contribution forka520.
The experimental values are bounded by the theoretical
value for the regular helical ray contribution alone for the
case of anemptycylindrical shell target@Eq. ~1!#. This can be
understood physically in that a reduced fraction of energy
remains in the interior of the water-filled shell target, so that
to a certain extent, the target responds as if it were empty.
Leaky waves leak energy into both the inner and outer fluids
for the water-filled case, but the waves in the shell interior
may re-excite leaky waves on the shell, e.g., through the first
chord ray mechanism shown in Fig. 1, which can also con-
tribute to the backscattering. The results in Fig. 3 show that
much of the energy lost to the interior can be recovered
through this mechanism.

Similar experiments were done atka of 25 and 30 and
compared with predictions analogous to those shown in Fig.
3. While the quasi-isolated helical contributions had com-

FIG. 3. The magnitude of the backscattering form function as a function of
the tilt angle for the water-filled cylindrical shell target due to the first
helical wave arrival atka520. The solid curve is the ray theory given by
Eq. ~2! for n50. Thelower setof solid points give the experimental results.
The open circles give the experimental form function magnitude for the
superposition of the first helical and first chord arrivals. The dashed curve is
the theoretical form function of the first helical wave contribution for the
air-filled shell target given by Eq.~1! for n50 and theupper setof solid
points give the empty-shell data from Fig. 6 of Ref. 3.

FIG. 2. Time records of backscattered five-cycle tone bursts from the water-
filled cylindrical shell target cascaded as a function of tilt angle atka520
~frequency 225 kHz!. The delay time is referenced to the time that the
incident burst was sent from the transducer and the relationship between the
timing and the geometry was determined by recording the echo for broad-
side illumination. The two solid curves are the theoretical leading-edge ar-
rival times of the first helical ray and first chord ray. The helical ray arrives
before the chord ray. The arrival time for the second helical ray is given by
the dashed curve. These curves were computed by using the leaky wave
phase velocity to determine the coupling locations and the group velocity to
determine the helical ray contribution to the delay.
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parisons with Eq.~2! that are similar to Fig. 3, for the cases
where the first chord contributions are superposed, a larger
percentage of the energy was lost. Some energy may be lost
when internal chords do not re-excite helical rays from the
interior but simply leave thetilted cylinder through its open
end. When internal modes are reflected from the open end of
a tube, radiative losses of energy generally increase with
increasingka. This radiation is accentuated geometrically at
larger tilt angles, which could explain why the experimental
amplitudes given by the open circles in Fig. 3 are suppressed
in comparison to the dashed line for tilt angles greater than
20°. The reduction in backscattering forka of 25 and 30 may
also be influenced by the particular way the first helical and
first chord rays interfere.

The experiments show that taking into account the ray
contributions having internal chords significantly modifies
helical-ray backscattering by water-filled tilted cylinders.
This was previously demonstrated for meridional rays.9 Un-
like the case of broadside illumination,10 for open tilted
shells the leaky ray portion of the path is important to chord
contributions that are backscattered. That is because at high
frequencies it is the leaky rays~not the chords! that are pri-
marily reflected by the truncation. For some tilted cylinders,
such as solid plastic cylinders,11 however, the internal reflec-
tion of chords by the end may be significant. Contributions to
scattering by chords radiated by surface waves have also
been investigated for dielectric spheres.12,13
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This paper addresses the efficient solution of acoustic problems in which the primary interest is
obtaining the solution only on restricted portions of the domain but over a wide range of
frequencies. The exterior acoustics boundary value problem is approximated using the finite element
method in combination with the Dirichlet-to-Neumann~DtN! map. The restriction domain problem
is formally posed in transfer function form based on the finite element solution. In order to obtain
the solution over a range of frequencies, a matrix-valued Pade´ approximation of the transfer
function is employed, using a two-sided block Lanczos algorithm. This approach provides a stable
and efficient representation of the Pade´ approximation. In order to apply the algorithm, it is
necessary to reformulate the transfer function due to the frequency dependency in the nonreflecting
boundary condition. This is illustrated for the case of the DtN boundary condition, but there is no
restriction on the approach which can also be applied to other radiation boundary conditions.
Numerical tests confirm that the approach offers significant computational speed-up. ©2003
Acoustical Society of America.@DOI: 10.1121/1.1514932#
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I. INTRODUCTION

The acoustic design of an engineering structure typically
requires the computation of the acoustic field over a range of
frequencies, necessitating computation of the full solution
for each frequency of interest. Furthermore, although the
complete acoustic field is usually computed at each fre-
quency, for many design applications the acoustic field is of
interest only over restricted regions of the problem domain.
An example is the pressure at selected locations in the near
field or on a spherical surface. The latter case can be used for
evaluation of the acoustic far field since it is only necessary
to compute the pressure field and its normal gradient on a
closed surface containing the acoustic sources and scatterers.
Similarly, computations may be used only for the evaluation
of bilinear forms, such as the average acoustic power. Such
integral forms arise as objective functionals in optimization
and inverse problems, or may be of direct interest in com-
puting spatial averages of the solution field. In the sequel, the
restriction of the acoustic field to a specified subdomain is
referred to as a partial field. In this paper, an efficient com-
putational approach for solution of partial fields obtained si-
multaneously for all frequencies of interest in a window is
described.

An algorithm for the computation of a particular partial
field simultaneously over multiple frequencies for exterior
acoustics based on Pade´ approximants obtained via the Lanc-
zos algorithm has been presented by Malhotra and Pinsky.1

In that approach, the computational domain is truncated by
use of the Dirichlet-to-Neumann~DtN! map,2 and the special
case of a partial field corresponding to the Fourier coeffi-
cients of the pressure on the truncation boundary was con-
sidered. In this paper, the treatment of more general partial

fields and the extension of the algorithm to the case of un-
symmetric systems is considered.

The proposed algorithm employs the Galerkin finite el-
ement method for discretization of the exterior Helmholtz
problem. The infinite fluid domain is truncated on a sepa-
rable surface, such as a circle or sphere, on which the DtN
map is used as a boundary condition to enforce the
asymptotic behavior of the solution at infinity. The DtN
boundary condition is an exact boundary condition in the
sense that the error can be made arbitrarily small by the use
of additional terms in its expansion.3 The resulting system
matrix for the acoustic problem has a highly complex fre-
quency dependence resulting from the DtN boundary condi-
tion. However, an examination of the DtN kernel makes it
clear that its matrix contribution may be interpreted as a
low-rank update of the system matrix, allowing its inverse to
be obtained explicitly by using the Sherman–Morrison–
Woodbury formula.4 This step facilitates a reorganization of
the frequency dependence of the inverse operator, and in turn
allows the partial field operator to be obtained from an aux-
iliary problem which is in so-called standard shifted form.
The standard shifted form, in which the shift parameter mea-
sures the difference between the current frequency and a ref-
erence frequency, is commonly employed in linear dynami-
cal systems, for example, in electrical circuit simulation.5

One well-established methodology to circumvent the di-
rect inversion of the system operator at each frequency for
linear dynamical systems uses matrix-valued Pade´ approxi-
mations. This approach has been used in electrical circuit
analysis.6 This approximation is a rational function that ex-
actly coincides, in a specified number of terms, with the
Taylor-series expansion of the transfer function. The evalua-
tion of the coefficients of the series is usually carried out by
direct computation, which gives rise to the so-called
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asymptotic waveform evaluation~AWE! algorithm.7,8 This
algorithm has recently also been used in the simulation of
electromagnetic field problems9,10 in combination with finite
element discretization. In these electromagnetic applications,
local but nonexact boundary conditions have been employed
because they exhibit a simple frequency dependence. No at-
tempt to use an exact boundary condition, such as the DtN
condition, has been reported.

A second and significant limitation of the AWE algo-
rithm is that it is limited to a small number of series terms,
since the computation of the entries involves inversion of a
highly ill-conditioned matrix.11 A recently introduced alter-
native approach uses the Pade´-via-Lanczos~PVL! connec-
tion,12,13 which bases the computation of the approximation
function on a two-sided Lanczos algorithm14 without explicit
evaluation of the series entries. This approach has been used
successfully in the simulation of electrical circuits5,15 and has
been extended to the case of multiple input vectors by
Freund.16 The approximation is obtained by applying an un-
symmetric block Lanczos algorithm17 on the standard shifted
form and exploiting the matrix-valued Pade´-via-Lanczos
~MPVL! connection.16 The first reported application of this
algorithm for the simulation of electromagnetic field
problems18 employed nonexact, local, absorbing boundary
conditions. The first application to exterior acoustics de-
scribed by Malhotra and Pinsky1 employs the exact, nonlo-
cal, DtN boundary condition.

II. EXTERIOR ACOUSTIC PROBLEM

Consider an inviscid compressible fluid occupying an
infinite domain denotedV` and containing a rigid scatterer
with boundaryG. A complex descriptionpPC with a time
dependency ofeivt is assumed, wherev is the angular fre-
quency. In order to make the boundary-value problem ame-
nable to approximate solution by the finite element method,
the infinite-domain problem is transformed into an equiva-
lent statement over a bounded domain. To accomplish this,
the infinite domain is truncated on a surfaceGDtN . The gen-
eral form of the boundary-value problem of radiation and
scattering from a rigid obstacle can then be stated as follows:
Find the acoustic pressurep satisfying

2¹2p2k2p5 f in V, ~1!

p5g on Gg , ~2!

¹p•n5h on Gh , ~3!

¹p•n52BDtN~p! on GDtN . ~4!

Equation~1! is the Helmholtz equation with a source termf
on the right-hand side. The acoustic wave numberk is de-
fined ask5v/c, wherec is the speed of sound. Dirichlet
and Neumann boundary conditions are given by Eqs.~2! and
~3!, respectively, where the regionsGg and Gh constitute a
disjunct nonoverlapping partition ofG, i.e., G5GgøGh . Fi-
nally, Eq.~4! imposes the Dirichlet-to-Neumann~DtN! map2

as an exact nonreflecting boundary condition for time-
harmonic acoustics. Explicit forms of the DtN operator can
be obtained for separable surfaces such as a circle and a
sphere of radiusR. In a computation, the infinite series is

truncated afterNDtN terms. It can be shown19 that this trun-
cation may lead to a singular system matrix. For this reason,
the DtN condition is modified by adding and subtracting a
local B1(p)(x) condition of Baylisset al.20 The DtN opera-
tor is then given as

~5!

where the DtN kernelssn(x,j) in 2D are thesurface har-
monics

sn5an cosn~u2u8!, an5H 1 if n50

2 if n.0
~6!

on GDtN and zn(kR) can be identified asradial-impedance
coefficients.Hn(•) are Hankel functions of the first kind and
order n, and the prime onHn8(•) indicates differentiation
with respect to the argument.

III. FINITE ELEMENT DISCRETIZATION

Discretization of the weak form of Eqs.~1!–~4! in the
computational domainV into E subdomains Ve, e
51, . . . ,E and introduction of finite element approximations
of the form

ph~x!5NeTpe and p̂h~x!5NeTp̂e, xPVe ~7!

results in the matrix form of the problem~see Hughes21!

@K2k2M1B1~k!1K̃DtN~k!#p5f. ~8!

For details on the DtN matricesK̃DtN and B1 , see
Malhotra.22 Let N denote the total number of unknowns in
the matrix problem, so that the solution vectorp and load
vector f are both of dimensionN, KPRN3N is a symmetric
positive semidefinite stiffness matrix, andMPRN3N is a
symmetric positive definite mass matrix. The DtN operators
K̃DtNPCNDtN3NDtN andB1PCNDtN3NDtN are complex matrices
whose dimensions correspond to the number of nodes on the
DtN boundary. Moreover, due to the nonlocal character of
the DtN operator,K̃DtN is a dense matrix. Both matrices de-
pend on the wave numberk. To formulate Eq.~8! in a di-
mensionally correct way, theNDtN3NDtN-dimensional matri-
ces are written in a block matrix form of expanded
dimension N3N, which is always possible upon proper
numbering of the DtN modes.

An important step in the derivation of the proposed al-
gorithm is the reformulation of the DtN matrixK̃DtN and its
treatment as a low-rank update of the system matrix. From
an investigation of the integral expression of the operator in
Eq. ~5!, it can be shown22 that rank (K̃DtN)5Nmod, Nmod

!N, where, in 2D,Nmod52NDtN11 is the number of un-
known modal coefficientsin the truncated DtN series of Eq.
~5!. The matrix expression for this operator on a circular
boundary in two dimensions has the form

K̃DtN5 (
n50

NDtN

z̄n~cncn
T1snsn

T!, ~9!
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with the modified impedance coefficientz̄n5 z̃nanR2 and the
discretized surface harmonics22,23

cn5E
0

2p

N~u!cosnu duPRN31

and ~10!

sn5E
0

2p

N~u!sin nu duPRN31.

This representation is further developed by introducing the
matrices

F5@c0 ,c1 , . . . ,cNDtN
,s1 , . . . ,sNDtN

#PRN3Nmod, ~11!

and

L5diag$z̄0 ,z̄1 , . . . ,z̄NDtN
,z̄1 , . . . ,z̄NDtN

%PCNmod3Nmod. ~12!

Hence, a factorization ofK̃DtN is given as

K̃DtN5FLFT. ~13!

Clearly, the nonzero elements in each column ofF represent
the discretized surface harmonics of Eq.~6! defined on the
DtN surfaceGDtN . The matrixF has full column rank. It is
important to note thatNmod is generally very small compared
to N, Nmod!N, andL is a diagonalNmod3Nmod-dimensional
matrix containing the impedance coefficientszn , n
51, . . . ,Nmod of Eq. ~5!. It follows that the elements ofL
depend on the wave numberk, while F is frequency inde-
pendent. A more detailed description of the structure of those
matrices is given by Malhotra.22

IV. DERIVATION OF TRANSFER FUNCTION

In Sec. VI an algorithm for multifrequency analysis in a
frequency window is introduced. Generally speaking, the al-
gorithm is based on a Taylor series expansion of the inverse
operator of Eq.~8!. To enable an arbitrary choice of the
frequency window an expansion pointk0 of the Taylor series
is introduced here by introducing afrequency-shiftparameter

s i5k i
22k0

2, i 51, . . . ,Nf . ~14!

This yields for Eq.~8!

~15!

Note that the local boundary conditionB1 is evaluated at the
reference frequencyk0 in Eq. ~15!. Defining the matrixA0

that incorporates all terms in Eq.~15! that are either fre-
quency independent or evaluated atk0 and introducing the
matrix As i

, which contains all terms except the DtN matrix,
the system in Eq.~15! can be expressed in the form

@As i
1FLFT#p5f. ~16!

In the following, the two partial fields considered in this
paper are defined. The first involves far-field solutions. Ex-
pressing the pressure field onGDtN in terms of discretized
surface harmonics

p~R,u!5 (
n50

NDtN

~an cosnu1bn sin nu!, ~17!

reduces the problem of far-field computations to one where
only the modal coefficientsan andbn need to be computed.
The pressure field onGDtN is expanded using the firstNmod

surface harmonics that emanates fromNDtN terms in the ker-
nels of Eq.~17!. The resulting modal coefficients can then be
written as a complex-valued function

H15@a0 ,a1 , . . . ,aNDtN
,b1 , . . . ,bNDtN

#5DFTpPCNmod31,
~18!

whereF is defined in Eq.~11! andDPRNmod3Nmod contains
orthonormalization constants.

The second part of the partial-field computations in-
volves solutions atNnf selected points in the near field. Fil-
tering these points out of the nodal vectorp with the Boolean
matrix EPRN3Nnf yields a second function

H25ETpPRNnf31. ~19!

The unknown nodal pressure vectorp appearing in the ex-
pressions forH1 andH2 can be formally expressed with use
of the inverse of Eq.~16!.

The evaluation of the complete pressure vector may be
computationally too expensive to carry out over several fre-
quencies. In order to arrive at an efficient algorithm for the
computation of the partial fields over multiple frequencies,
the partial field transfer functions Eq.~18! and Eq.~19! are
reformulated into a standard shifted form. To start, the fre-
quency dependence is simplified by first applying the
Sherman–Morrison–Woodbury formula4 to express the ma-
trix inverse in terms ofAs i

21

@As i
1FLFT#215As i

212As i

21F~L211FTAs i

21F!21FTAs i

21.

~20!

SortingH1 andH2 together in one vectorH(s i) yields

~21!
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However, Eq.~21! does not yet exhibit the desired standard
shifted structure necessary to apply the approximation out-
lined in Sec. V. To further develop the expression, observe
that several repeated terms can be identified. Rearranging
these terms in a new (Nnf1Nmod)3(Nmod11)-dimensional
matrix W(s i) yields

W~s i !5FwF WF

wE WE
G5FFT

ETG@ I2s iA0
21M #21A0

21@ f F#.

~22!

Definition of the matricesL5@FE#PRN3(Nnf1Nmod), R
5A0

21@ fF#PRN3(Nmod11), and A5A0
21MPRN3N leads to

the transfer function

W~s i !5LT@ I2s iA#21RPCp3m, ~23!

where p5Nnf1Nmod and m5Nmod11 for brevity. This
equation has the form required to apply the banded unsym-
metric Lanczos process detailed in the following section.
Such representations can be derived for many practical
applications,1,16 such as electrical circuits, electromagnetic
field problems, and acoustics.

V. THE PADÉ-VIA-LANCZOS CONNECTION

This section introduces an approximation of Eq.~23!
which enables a computationally efficient solution for a fre-
quency band. The approximation takes advantage of the
transfer function form developed in the previous section. A
spectral representation of Eq.~23! shows thatW is a matrix
rational function. For this reason, Eq.~23! is approximated
by a matrix-valued Pade´ approximation.24 A matrix-valued
Padé approximation @n21/n#W(s i)PC p3m is a rational
function @n21/n#W :R°(Cø$`%)p3m that coincides with
the matrix functionW~s! in the first 2n terms in its Taylor-
series expansion.

The well-known asymptotic waveform evaluation
~AWE! technique7,8 for the computation of Pade´ approxima-
tions involves the inversion of a Hankel matrix which is
known to be ill-conditioned even for small system sizes. This
fact limits this approach to orders ofN typically <10 ~see
Ref. 5!.

To circumvent this drawback, another way to obtain ma-
trix Padéapproximants is employed by projecting the matrix
system in Eq.~23! onto a block Krylov subspace. The sub-
space bases and the projection itself are computed via an
unsymmetric block Lanczos algorithm derived by Aliaga
et al.17 This connection between the matrix Pade´ approxima-
tion and the unsymmetric Lanczos algorithm has been ob-
served by Feldmann and Freund5 and is referred to in the
literature as the matrix Padé-via-Lanczos algorithm
~MPVL!. By computing the Taylor coefficients of Eq.~23!, it
can be shown16 that @n21/n#W(s i) can be obtained as

@n21/n#W~s i !5F F hn

O~n2p!3p
GT

DnG@ In2s iTn#

3F rn

O~n2m!3m
G , ~24!

wherehnPCp3p, DnPCn3n, TnPCn3n, andrnPCm3m are
obtained by applying an unsymmetric block Lanczos

algorithm17 with L , A, andR as starting block matrices. By
doing so, A is projected on the right Krylov subspace
K~A,R! of dimensionn. The projected matrix isTn . Matri-
ces hn and rn contain normalization factors ofL and R,
respectively, andDn contains biorthogonalization factors of
the underlying Lanczos algorithm.

By applying MPVL, the N-dimensional matrix problem
in Eq. (23) is replaced by an approximation of dimension n,
n!N. This feature will be exploited for the acoustic problem
to obtain simultaneous solutions at multiple frequencies.

VI. ACOUSTIC MULTIFREQUENCY ANALYSIS

The reformulated transfer function in Eq.~22! is ap-
proximated with MPVL and solved for all frequency points
of interest. The obtained results are inserted into Eq.~21!,
which yields formally annth matrix Pade´ approximant ofH.
This final result is computationally inexpensive, since the
evaluation of the vectorq involves only the solution of a
denseNmod3Nmod system; see Eq.~21!. The pressure values
at particular points in the domain are directly contained in
@n21/n#H , while the pressure values on the DtN boundary
have to be computed from the obtained modal parameters via
Eq. ~17!. The complete procedure is outlined in the algorithm
below.

A. Algorithm 1

Input : Nmod, NDtN , Nf , Nnf , k0 , n, ands i .
Output : Approximants@n21/n#H(s i) to H(s i) for eachs i .

~1! ComputeK , M , B1(k0), F.
~2! Set upA0 :5K2k0

2M1B1 .
~3! Executen block iterations of the unsymmetric banded

Lanczos process withL , A, R defined in Eq.~22!. Ob-
tain Tn , Dn , andrn , hn as defined in Eq.~24!.

~4! for s i , i 50,1,2, . . . ,Nf

~a! Evaluate the Pade´ approximation in Eq.~24! for each
s i . This involves the solution of a banded tridiagonal
system inTn .

~b! Solve the denseNmod3Nmod system forq. Note thatL
is a frequency-dependent diagonal matrix.

~c! Finally, evaluate Eq.~21! to obtain the modal param-
eters of the ansatz in Eq.~17! and with this the pres-
sures on the DtN boundary. Moreover, the second row
in Eq. ~21! yields the pressure values at any desired
point in the interior of the computational domain.

end for

VII. NUMERICAL EXAMPLES

To assess the numerical properties of the proposed
method, the problem of radiation of sound from a source on
a circle is investigated. With respect to Eq.~17!, Neumann
boundary conditions in the form

¹p•nur 5a,u5 (
k51

NDtN

qk~a!cos~ku! ~25!

are prescribed atr 5a, with radiusa50.01 m. For the nu-
merical tests a randomly distributed amplification vectorqk ,
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k51, . . . ,NDtN , 0,qk,1 is chosen. The DtN boundary is
concentric with the circle and has radiusR50.015 m.

Figure 1 depicts the analytic solution. Thex axis dis-
plays the range of the nondimensional wave numberka,
which is chosen for the example to bekaP@0,20#. The y
axis denotes the angular coordinateuP@0,2p# parametrizing
the points of the DtN boundary.

The finite element discretization employs a mesh size
h/a50.0125, providing a minimum of 25 elements per
wavelength and thus minimizing effects of discretization er-
rors. The total number of degrees of freedom isN530 914.
The mesh consists of 30 160 bilinear quadrilateral elements
in the domain and 753 linear 1D elements on the DtN bound-
ary. The DtN series is truncated atNDtN510 terms. The qual-
ity of the proposed method is illustrated by Fig. 2, which
shows the solution for the described mesh for a combination
of parametersn5105, andk0a510. The results compared to
Fig. 1 are indistinguishable over the computed frequency
range.

The essential question regarding the proposed method is
the reduction in solution time. All computations are per-
formed here with a single-processor 850-MHz Pentium III
PC with 256 MB RAM. In Fig. 3 the computation time of the
MFPF algorithm in seconds in the chosen frequency window
is depicted versus the number of sampled frequencies for two
different numbers of Lanczos iterations. The figure shows
clearly that a large amount of time is spent in the computa-
tion of the Krylov subspace projection, described in step 3 in
Algorithm 1. The linear increase in computation time with
regard to the number of sampled frequencies is due to the
loop in step 4 in Algorithm 1 to set up the final Pade´ approxi-
mation. This behavior is the same for different numbers of
Lanczos iterations, as Fig. 3 shows. In Fig. 4 the percentage
of the time spent in the loop over all frequencies as com-
pared to the fixed overhead of computing the Krylov projec-
tion with the block Lanczos algorithm is shown. Even for the
largest number of sampled frequencies, the percentage is
only 21%, substantiating the statement that the proposed
method provides solutions simultaneously for as many fre-
quency points as desired.

To compare the multifrequency solver developed here, a
highly efficient QMR solution algorithm is used22 that em-
ploys an SSOR preconditioner of Oberaiet al.23 tailored spe-

FIG. 1. Pressure amplitude over the Helmholtz number rangeka5@0,20# of
the analytic solution of the DtN boundary described with angular coordinate
u5@0,2p#. Parameters aren5105 andk0a510.

FIG. 2. Pressure amplitude over the Helmholtz number rangeka5@0,20# of
the computed solution of the DtN boundary described with angular coordi-
nateu5@0,2p#. Parameters aren5105 andk0a510.

FIG. 3. Computation time for the multifrequency method versus the number
of sampled frequencies in the frequency windowka5@0,20#, k0a510, for
two different numbers of Lanczos iterationsn5@84,105#.

FIG. 4. Ratio of the computation time spent in the block Lanczos algorithm
and the computation time spent in the loopt loop of Algorithm 1 versus the
number of sampled frequencies.
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cifically for the case of exterior acoustics. The residual tol-
erance is set to 1026 and convergence is obtained in this
example typically after several hundred iterations, depending
on the frequency point of solution. In Fig. 5 a speedups is
plotted, where this number is defined as

s5
t̄ full•Nf

tMF

, ~26!

wheret̄ full is the mean full time of a full solution in the given
frequency range. The mean value is necessary, since depend-
ing on the frequency point of evaluation, the iterative solver
converges differently. The timetMF is the total time spent by
the multifrequency partial field~MFPF! algorithm for a
given number of frequenciesNf . The method is capable of
providing speedups of several orders of magnitude for this
example if compared to an iterative QMR solver. This effect
grows with the system size. Moreover, if a comparison with
a direct solver is carried out, the speedup grows even faster.

Besides the computation time, the accuracy of the meth-
odology is of central interest. To quantify this, the relative
error on the DtN boundary measured in theL2 norm

e5
ip2phiL2

ipiL2

•100, ~27!

is used. In the following, the influence of the two main pa-
rameters, the expansion pointk0a and the number of Lanc-
zos iterationsn of the proposed method, is investigated. The
algorithm computes the modal coefficientsan and bn from
Eq. ~17! and, with the same equation, the pressure distribu-
tion on the DtN boundary is obtained.

In Fig. 6 the relative error in theL2 norm as defined in
Eq. ~27! is plotted versus the frequency range, where curves
for different expansion pointsk0aP@1,5,10# are shown. The
range of convergence of the approximation is expected to be
clustered around the expansion point. This fact is substanti-
ated in Fig. 6. This is most easily seen by examining the
curve for expansion pointk0a510. The error remains under
1% in a range 1,ka,16. Similar results are obtained for
the two other expansion points.

Moreover, Fig. 6 shows the excellent overall accuracy
that can be achieved with the methodology over the complete
frequency range. Errors for the whole frequency window are
well under 3%. The growth of the error in the higher fre-
quency range is due to the pollution effect24,25and not due to
a loss of accuracy in the Pade´ approximation. This can be
shown by comparing the results to other computed results
and not to the exact analytical solution. The error properties
of the proposed method are under investigation and will be
discussed in more detail elsewhere.

Figure 7 shows the dependence of the solution on the
number of Lanczos iterations. The number of Lanczos itera-
tions defines implicitly the order of the Pade´ approximation.
For this investigation, the solution is considered at a certain
point u5p on the DtN boundary. With 42 and 63 iterations,
the solution is converging only in a small window around the
chosen expansion pointk0510. For 84 iterations, the con-
vergence radius is already extensively larger, and for 105 and
210 iterations the results basically coincide with the analytic
solution in the chosen frequency window. An extension of
the frequency window will show that convergence is lost at
some point, but since the mesh size has to be adapted to the
enlarged frequency range, this is not shown here.

Note for all these examples the differences in system
sizes to be solved. The dimension of the original system is

FIG. 5. Speedup of the proposed method for several numbers of Lanczos
iterations in comparison to an iterative QMR solver versus the number of
sampled frequencies in the fixed frequency windowka5@0,20#, k0a510,
for two different numbers of Lanczos iterationsn5@84,105#.

FIG. 6. Exact relative error between the analytic and computed pressure
measured in theL2 norm for n5105, ka5@0,20# and several expansion
pointsk0a5@1,5,10#.

FIG. 7. Convergence of the solution with respect to the number of Lanczos
iterations. Solution overka5@0,20# for several iteration numbers at the
point u5p on the DtN boundary.
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N530 914, whereas the proposed methodology provides ac-
curate results over the whole frequency range for a minimum
of 105 Lanczos iterations. Hence, the solution of a system of
30 914 equations is effectively replaced by the solution of a
banded system with 105 equations and a dense system with
Nmod521 equations.

VIII. CONCLUSION

The analysis of multifrequency problems of exterior
acoustics in partial fields of the computational domain is
extended in this paper to the unsymmetric case. The
N-dimensional partial field function in Eq.~21! is effectively
projected onto a Krylov subspace of much lower dimension,
allowing for the simultaneous solution over a complete fre-
quency range. The main costs of the algorithm are the fac-
torization of A0 and the evaluation of matrix–vector prod-
ucts with this matrix in the Lanczos algorithm. In view of the
full system size, the extra cost for the solutions of the banded
block system of dimensionn3n arising in Eq.~24! and the
dense block system of dimensionsNmod3Nmod at each de-
sired frequency is negligible. The unsymmetric case is of
particular interest also in fluid–structure interaction prob-
lems, since the coupled equations—in the form suitable for
our method—are unsymmetric by construction.

In the numerical examples presented, the computational
cost for the solution over a frequency band is reduced by an
order of magnitude, and this advantage grows as larger sys-
tems are considered. Moreover, the approximation properties
of the Pade´ approximant show excellent performance over a
wide frequency range.
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A passive means for cancellation of structurally radiated tonesa)
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The concept of cancellation of constant-frequency sound radiated from a vibrating surface by means
of an attached mechanical oscillator is discussed. It is observed that the mass of a mechanical
oscillator whose spring is attached to the vibrating surface will vibrate at comparatively large
amplitudes and out of phase with that surface, provided that the surface vibrates at a frequency that
is slightly higher than the oscillator’s natural frequency. From this observation it is concluded that
an oscillator’s mass with a relatively small surface area can produce a volume velocity that is equal
and opposite to that of the vibrating surface, resulting in cancellation of the sound radiated from the
surface. Practical considerations in the design of such an oscillator are discussed, and the canceling
performance from oscillators consisting of edge-supported circular disks is analyzed. An
experimental canceling oscillator consisting of an edge-supported disk is described, and
measurements made with this disk attached to a piston are shown to be in good agreement with
analytical predictions. A tonal noise reduction exceeding 20 dB was demonstrated experimentally.
© 2003 Acoustical Society of America.@DOI: 10.1121/1.1526490#

PACS numbers: 43.50.Gf, 43.40.Rj, 43.50.Ki@JHG#

I. INTRODUCTION

It has long been known that two sound waves of oppo-
site phase interfere with each other destructively, so that the
intensity of the combined wave is less than that of either of
the separate waves. Recent years have seen much work on
active systems for generating sound that interferes with un-
wanted sound and thus results in noise reduction. Such sys-
tems typically consist of microphones and loudspeakers
whose outputs are determined by control processors; they
require a source of power and tend to be relatively complex.
The present paper, in contrast, deals with a simple passive
system for the attenuation of structurally radiated tonal noise,
such as occurs, for example in electrical transformers,
constant-speed machinery, and screeching train wheels.

The basic idea of a tone canceler using an opposed-
phase mechanical oscillator was presented by the authors in
June 2001, together with some preliminary proof-of-concept
experimental data.1 A canceler based on the same idea, but
consisting of a different mechanical arrangement~a disk sup-
ported on a flexible bellows! was described in a December
2001 note by Eatwell2—however, without theoretical analy-
sis or test data. The present paper builds upon the authors’
previously presented information by discussing the underly-
ing theory, indicating design considerations, and displaying
the results of experimental measurements.

II. TONE CANCELER CONCEPT

A. Undamped spring-mass oscillator

Review of the rather well-known behavior of a simple
undamped linear spring-mass system like that sketched in

Fig. 1 permits one to readily visualize how a similar system
may be employed for canceling structurally radiated
constant-frequency sound. If the base of the spring is made
to oscillate at a given frequencyv with velocity amplitude
V0 , then the mass vibrates at the same frequency with am-
plitude V, which is given by the well-known relation

V

V0
5

1

12b
, ~1!

where

b5~v/vn!2 ~2!

and wherevn denotes the radian natural frequency of the
spring-mass system and is given by

vn5AK/M , ~3!

with K andM representing the spring constant and the mass,
respectively. From Eq.~1!, which is plotted in Fig. 1, one
may observe thatV andV0 are of opposite sign if the exci-
tation frequencyv is greater than the natural frequencyvn .
This implies that the phase of the sound radiated from the top
surface of the mass will be essentially opposite to the phase
of the sound radiated from the oscillating base, provided that
the distance between the two radiating surfaces is much
smaller than an acoustic wavelength. Consequently the
sound radiated from the mass will interfere destructively
with that radiated from the base.

Furthermore, ifv is only slightly greater thanvn , then
the magnitude ofV is considerably greater than that ofV0 .
Recalling that the sound pressure radiated from a vibrating
surface is proportional to the product of the surface’s area
and its normal velocity, one may realize that in this fre-
quency regime a mass with a relatively small area may gen-
erate sound that cancels that which is radiated from a much
larger base area.

a!A part of this paper was presented at the 141st meeting of the Acoustical
Society of America, 4–8 June 1981, Chicago, Illinois.

b!Author to whom correspondence should be addressed. Electronic mail:
jzapfe@acentech.com
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B. Effect of damping

If one takes damping into account by introducing phasor
notation and replacing the spring constantK by the complex
spring constantK* 5K(11 j h), whereh represents the sys-
tem’s loss factor andj 5A21, one finds that

U V

V0
U2

5
11h2

~12b!21h2 ~4!

and

tanw52
hb

12b1h2 , ~5!

wherew represents the phase angle betweenV andV0 . One
may note that the phase angle changes from negative to posi-
tive asb becomes greater than 11h2. Thus, a tone canceler
with a small surface area should operate at a frequency ratio
given by b511h21«2, where«2!1. With this frequency
ratio, Eq.~4! becomes

F V

V0
G2

5
11h2

~h21«2!21h2 , ~6!

from which one may conclude that bothh and« need to be
small if uV/V0u is to be large. Note that ifh2!1 and «2

!1, thenuV/V0u'1/h.

III. PRACTICAL CONSIDERATIONS

In a mass-spring arrangement consisting of an essen-
tially rigid disk supported at its midpoint on a spring, sound
radiation from the underside of the disk would negate at least
partially the radiation from its upper surface. In order to
avoid this undesirable situation, one might consider enclos-
ing the volume under the disk with a circumferential baffle.
For efficient sound radiation, the gap between the disk’s cir-
cumference and the baffle would need to be made very small
or be provided with a seal. Small gaps require careful con-
struction and can potentially result in friction between the
disk and baffle, thus increasing the damping of the system
and thereby reducing its cancellation effectiveness.

If a rigid disk were supported on an elastomeric pad that
extends over the entire area of the disk, then no baffle would
be needed. However, because the stiffness and damping of

elastomers typically change significantly with changes in fre-
quency and temperature, it would be difficult to design such
a canceler to operate at a given frequency and the canceler’s
performance likely would be affected considerably by tem-
perature changes.

One might also consider supporting a rigid disk at its
circumference on a thin cylindrical resilient element. Elasto-
meric elements are again undesirable here for the reasons
mentioned above and metallic bellows constructions tend to
be complex and costly. Any of these arrangements would
need to be sealed to the base structure to minimize radiation
from the underside of the disk and to avoid damping that
would result from air pumping through small openings.

The foregoing considerations lead one to consider em-
ploying a circular disk that is supported rigidly at its circum-
ference, so that the disk serves as both the mass and spring
elements of the canceler. The circumferential support may
consist of a short section of a stiff cylindrical shell, sealed at
the disk and at the base to avoid air leaks. When sealed, the
disk and shell entrap a volume of air whose stiffness affects
the disk’s dynamics. Appendix A provides a method for
evaluating the effect of the entrapped air.

IV. SOUND RADIATION FROM A DISK DRIVEN AT ITS
CIRCUMFERENCE

A. Relation of radiated sound pressure to surface
velocity

The magnitude,P, of the far field pressure that results in
a fluid at a distance,R, from a circular disk located in an
infinite baffle and vibrating at the radian frequencyv is
given3 by

P5
vra

R E
0

a

Vn~r !J0@kar sinu#r dr , ~7!

wherera is the density of the fluid,R is the distance from the
center of the disk to the observation point,Vn(r ) represents
the normal velocity phasor of the piston surface at the radial
coordinater along the disk surface, anda denotes the radius
of the disk.J0 is the zero order Bessel function of the first
kind; ka denotes the wave number in the fluid andu is the
angle betweenRand the surface normal through the center of
the disk. Figure 2 shows a cross-sectional cut along a diam-
eter through a circular piston in a rigid baffle and indicates
the coordinate system and key parameters. The radiating sur-
face is depicted as that of a flexible disk attached to a larger
rigid piston.

B. Disk mode shapes

It is reasonable to assume that the normal velocity dis-
tribution of a disk that is vibrating at or near its fundamental
resonance can be approximated by the mode shape corre-
sponding to that resonance. The fundamental flexural mode
shape of a uniform circular plate that is supported at its cir-
cumference may be written4 as

F5AJ0~kr !1BI0~kr !, ~8!

whereI 0 denotes the modified zero-order Bessel function of
the first kind,k represents the wave number of the flexural

FIG. 1. Velocity ratio~—! of a single degree of freedom mechanical oscil-
lator driven by harmonic base motion.
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vibrations on the plate, andA and B are constants that de-
pend on the boundary conditions. The values of these con-
stants, normalized to unity at the center of the disk (r 50),
are given in Table I, together with the related values ofka
and of other parameters that are disussed later.

It should be noted that the mode shape and natural fre-
quency of a simply supported plate depend on the value of
the plate material’s Poisson’s ratio. The tabulated values per-
tain to a Poisson’s ratio of 0.3, which is typical for most
metals.

C. Response of a disk supported and driven at its
circumference

Consider a disk that is supported at its circumference,
and that this circumference is displaced in the direction per-
pendicular to the plane of the disk by an amountyc(t). If the
displacement distribution on the disk itself corresponds to its
fundamental mode shape, then the displacement of any point
on the disk may be written as

y~ t !5yc~ t !1y0~ t !F~r !, ~9!

wherey0 denotes the displacement at the center of the disk
with respect to the edge and whereF(r ) represents the mode
shape, normalized to unit deflection at the disk center.

If one takesyc and y0 as generalized coordinates, one
may use the Euler–Lagrange equation to obtain the equation
of motion for the base-driven case as

d

dt S ]T

] ẏ0
D1

]U

]y0
50, ~10!

whereT denotes the kinetic energy andU the potential en-
ergy of the system. The kinetic energy is given by

T5E
S

m

2
ẏ2 dS

5pmE
0

a

~ ẏc1 ẏ0F!2r dr

5
M1

2
ẏc

21M2ẏcẏ01
M3

2
ẏ0

2, ~11!

wherem denotes the mass per unit area,S is the area of the
disk, and where

M15pa2m, ~12a!

M252pmE
0

a

Fr dr 52M1V2 , ~12b!

M352pmE
0

a

F2r dr 52M1V3 . ~12c!

V2 andV3 are integrals of the mode shape which are defined
as

V25E
0

1

xF~x!dx, ~12d!

V35E
0

1

xF2~x!dx, ~12e!

wherex represents the nondimensional radial coordinater /a.
One may recognizeM1 as the actual mass of the disk

and M3 as its modal mass. If one expresses the potential
energyU in terms of the modal stiffnessK as

U5
K

2
y0

2, ~13!

substitutes the foregoing results into Eq.~10! and letsyc

5Yce
j vt andy05Y0ej vt, where j 5A21, one obtains

2M2Ycv
22M3Y0v21KY050. ~14!

Noting that the radian natural frequency of the disk may be
expressed in terms of its modal stiffness and modal mass as

vn5AK/M3, ~15!

one finds by substitution into Eq.~14!, that the ratio of the
displacement at the center of the disk to the displacement at
the circumference is given by

Y0

Yc
5

M2

M3

b

12b
5

V2

V3

b

12b
, ~16a!

FIG. 2. Coordinate system and key parameters used for the calculation of
the far-field pressure radiated from a circular disk in a rigid baffle. Equilib-
rium position~—! and deflected position~---!.

TABLE I. Parameters for the fundamental modes of edge-supported disks.

Circumference A B ka V2 V3 V2 /V3 b

Simply supported 1.0383 20.038 27 2.2215 0.2247 0.1425 1.5768 0.7087
Clamped 0.9472 0.0528 3.1962 0.1558 0.0914 1.7043 0.5311
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which applies in the absence of damping. The parameterb is
defined as in Eq.~2!. If damping is considered by way of the
modal loss factorh, Eq. ~16a! becomes

Y0

Yc
5

V2

V3

b~12b!2bh j

~12b!21h2 . ~16b!

Values of V2 /V3 , obtained by numerical integration, are
given in Table I.

D. Surface velocity on a circular piston with a central
canceler disk

Consider a piston of radiusap that has a disk with a
smaller radiusa at its center, with the disk’s circumferential
edge attached to the piston. The normal velocity distribution
over the combined surface of the piston and disk may be
written as

Vn~r !5VcF11
Y0

Yc
FG , for 0,r ,a, ~17a!

Vn~r !5Vc , for a,r ,ap . ~17b!

One may calculate the sound radiation from this arrangement
by substitution of Eq.~17! into Eq.~7!. The required integra-
tion generally needs to be done numerically.

E. On-axis cancellation

Along the normal to the surface at the center of the
piston, the Bessel function in Eq.~7! has unity value. Sub-
stitution of Eq.~17! into that equation may be found to yield

P5
vraVc

R Fap
2

2
1

Y0

Yc
E

0

a

Fr dr G
5

vraVc

R Fap
2

2
1

Y0

Yc
a2V2G . ~18!

Using the undamped form of the amplification ratio,Y0 /Yc ,
given by Eq.~16a!, one may rewrite Eq.~18! as

P5
vraVcap

2

2R F11Ab
b

12bG , ~19!

whereA5a2/ap
2 is equal to the ratio of the canceler disk area

to the piston area, and the dimensionless parameterb is
given by

b52V2

M2

M3
52

V2
2

V3
. ~20!

Values of this parameter are listed in Table I. Perfect cancel-
lation occurs in the undamped case whenP50 in Eq. ~19!,
that is, when the bracketed term vanishes. One finds that this
happens at frequenciesvc that obey

bc5S vc

vn
D 2

5
1

12Ab
. ~21!

If damping is considered, the on-axis pressure is given by

P5
vraVcap

2

2R F11Ab
b~12b!2bh j

~12b!21h2 G , ~22!

from which expression one may determine the frequency for
minimum radiated sound pressure.

Figure 3 shows the numerically calculated values of the
optimum cancellation frequency ratiovc /vn at which the
minimum sound pressure~greatest sound reduction! occurs
for various area ratios and damping values. It is evident that,
for a given area ratio, damping has only a minor influence on
the frequency ratio required for maximum noise reduction.
However, at a given operating point~area ratio and fre-
quency ratio! damping has a significant influence on the
achievable attenuation. Note also that the attenuation in-
creases with increasing area ratio and frequency ratio. This
suggests that a canceler with a large radiating area and mod-
erate amplification, operating with a phase shift near 180°,
will produce more attenuation than a smaller canceler oper-
ating less out-of-phase, but at a higher amplitude ratio.

V. EXPERIMENTAL AND THEORETICAL RESULTS

A. Experimental setup

The relatively simple test arrangement shown schemati-
cally in Fig. 4 was assembled and placed in an anechoic
chamber for measurement of the performance of an experi-
mental canceler. A 12.1 cm diameter piston, made of 5 cm
thick high-density fiberboard, faced with a 1 mmthick steel
plate, served as the primary sound radiator. The piston was
mounted in a close-fitting opening in a heavy wooden box
with 7.6 cm thick sides. A B&K model 4804 mechanical

FIG. 3. Optimum on-axis cancellation frequency~—! and sound pressure
reduction~---! as a function of canceller to piston area ratio and canceller
loss factor, assuming clamped circumferential boundary.

FIG. 4. Test apparatus.
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shaker, which was used to actuate the piston, was located
inside the box. The gap around the piston’s circumference
was filled with flexible silicone caulk.

The piston’s vibration velocity was measured by means
of a BBN model 501 accelerometer, whose output was fed
via an EPAC model 60/10 low-noise amplifier to a BBN
integration module and from there to a Hewlett-Packard
35670A spectrum analyzer. The sound pressure was mea-
sured by use of a B&K 1962-9610 microphone~1.27 cm
diameter!, connected to a General Radio P42 pre-amplifier,
whose output was fed to the second channel of the HP ana-
lyzer. The analyzer’s controllable source output was fed to a
B&K model 2712 power amplifier which was used to drive
the shaker.

In a typical test the sound at a selected location was
measured while the piston was driven with a random noise
signal. The signal analyzer was used to determine the trans-
fer function between the radiated noise and the piston
velocity.

B. Experimental canceler

The experimental canceler consisted of a conveniently
available copper pipe cap, shaped like a shallow, flat-
bottomed cup with a 41 mm diameter. The open end of the
cup was attached to the piston using an epoxy adhesive. The
bottom of the cup played the role of the canceler disk. The
cup’s side was 7 mm high and its wall thickness was 0.25
mm. This configuration was chosen on the basis of prelimi-
nary measurements to demonstrate cancellation at approxi-
mately 1000 Hz. No attempt was made to tune its frequency
precisely, although this could readily have been done by add-
ing mass to the disk and/or modifying its thickness. Auxil-
iary measurements showed that the fundamental natural fre-
quency of the device was 1036 Hz and that its loss factor was
about 0.005. The radiating area of the disk was about 12% of
the piston area.

C. On-axis results

Figure 5 shows the on-axis sound pressure level mea-
sured at a distance of 292 cm from the face of the piston, as
a function of the driving frequency. Data are shown for the
bare piston and for the piston with the canceler attached. In
order to facilitate the interpretation of the results, all of the
sound pressure data presented in this figure have been scaled
to correspond to a constant piston velocity of 1 cm/s, al-
though during the experiment the piston velocity varied
slightly from this value.

At the disk’s natural frequency of 1036 Hz, the canceler
increased the sound pressure level by about 24 dB beyond
that measured for the bare piston. This increase in sound
pressure occurs when the disk is driven near and below its
natural frequency. In this frequency region, the disk vibrates
near resonance with a vibration amplitude much greater than
that of the piston. At frequencies slightly below the natural
frequency, the motion of the disk is in phase with that of the
piston and the total sound pressure greatly exceeds that pro-
duced by the piston alone. At frequencies that are slightly
above the 1036 Hz natural frequency, the disk’s motion is out

of phase with that of the piston, but is so much greater than
that of the piston that its sound radiation predominates. As
the driving frequency is increased further, the disk’s motion
continues to be out of phase with that of the piston, but
decreases in amplitude. At approximately 1065 Hz a point is
reached where the disk’s volume velocity nearly cancels the
piston’s volume velocity, resulting in a decrease in the sound
pressure level that amounts to about 22 dB. At yet higher
driving frequencies the disk still vibrates out of phase with
the piston, but at smaller amplitudes, resulting in less cancel-
lation.

Also shown in Fig. 5 are the theoretically predicted
sound pressure levels, calculated for~a! the bare piston,~b! a
disk with a simply supported circumferential boundary, and
~c! a disk with a clamped circumference. In each of these
cases the disk’s fundamental resonant frequency was taken to
be 1036 Hz and its loss factor was assumed to be equal to
0.005, so as to match the parameters of the experimental
device. The calculated optimum reduction in the sound pres-
sure level due to the device is 22.5 dB for the clamped disk
and 25 dB for the simply supported disk. Note that the pre-
dicted sound pressure radiated from the bare piston exceeds
the measured sound pressure by up to 2.7 dB at some fre-
quencies. The authors attribute this disrepancy to out-of-
phase sound that was radiated from the baffle at frequencies
between 1050 Hz and 1080 Hz.

For a piston and canceler disk arrangement with the di-
mensions and fundamental natural frequency of the experi-
mental setup one finds from Eq.~21! that the theoretical
frequencies for total cancellation in the absence of damping
are 1082 Hz and 1070 Hz for disks with simply supported
and with clamped edges, respectively. These frequencies
may be seen to be very nearly the same as the predicted
frequencies at which sound pressure level minima occur for
disks with damping, as evident from Fig. 5.

A disk with a simply supported circumference produces
cancellation at a higher frequency than a similar disk with a
clamped circumference because the former is a more effi-
cient radiator—that is, it produces a greater volume velocity
and more sound radiation for a given deflection at the center.
A more efficient radiator can generate a given volume veloc-
ity with less amplification and can therefore operate further
off resonance than a less efficient radiator.

FIG. 5. Predicted on-axis sound pressure at a distance of 292 cm for~-s-!
piston alone,~-h-! piston with canceller~clamped edges! and ~-l-! piston
with canceller~simply-supported edges!; compared to measured sound pres-
sure,~-d-! piston alone and~—! piston with canceller.
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It appears from Fig. 5 that the measured cancellation
frequency of the experimental device is lower than the can-
cellation frequencies calculated for the two idealized disks.
In view of the discussion in the foregoing paragraph, this
implies that the experimental disk is a less efficient radiator
than the idealized disks—a condition that may occur due to
nonuniform thickness of the experimental disk or to nonlin-
earities associated with large deflections which are not con-
sidered in the theoretical analysis.

D. Off-axis results

Figure 6 shows how the measured and predicted sound
pressures vary with the angle measured from the normal to
the piston surface. The predicted values were obtained by
numerical integration based on Eq.~7!; the development is
not presented here. Each set of data shown corresponds to
the optimum on-axis cancellation frequency, namely, 1065
Hz for the experimental data, 1070 Hz for the canceler disk
with clamped edges, and 1083 Hz for the canceler disk with
simply supported edges. Again, all data are normalized to a
piston velocity of 1 cm/s.

Figure 6 indicates that the sound pressure radiated from
the piston alone is reasonably constant over a considerable
range of angles, whereas the pressure radiated by the piston
with the attached canceler varies considerably. The off-axis
cancellation performance predicted for the two theoretical
cancelers differs little from their on-axis performance for
angles up to perhaps 30°, but the predicted performance then
decreases with increasing angle. It should be noted, however,
that due to the increasing difference between the directivities
of the piston and the disk, optimum cancellation at larger
angles occurs at higher frequencies than for the 0° case. For
example, at an off-axis angle of 70°, optimum cancellation
for a clamped disk occurs at 1077 Hz compared to 1070 Hz
at 0°.

The measured attenuation shown in Fig. 6 for angles
between 20° and 60° is significantly less than that predicted
for disks with either of the two boundary conditions. The
reason for this discrepancy remains to be investigated.

VI. CONCLUSIONS

It has been shown that steady tonal noise radiated from a
vibrating surface can be cancelled effectively by a passive
system consisting of a simple mechanical oscillator attached
to the vibrating surface. The oscillator’s natural frequency is
selected to lie slightly below the frequency of the tone being
radiated, so that the phase of oscillator’s motion is opposite
to that of the surface. Optimum cancellation occurs at the
frequency where the volume velocity produced by the oscil-
lator is equal and opposite to that produced by the radiating
surface.

Cancellation of a tone radiated from a circular piston by
means of a centrally attached circular disk, supported from
the piston at its circumference, was investigated analytically
and experimentally with generally good agreement. Substan-
tial noise reductions were demonstrated experimentally; a
reduction of about 22 dB was measured on-axis, with smaller
reductions observed off-axis. Although this study was con-
fined to circular geometries, the major facets of its results are
expected to apply also to radiating areas and cancelers of
other shapes.

APPENDIX A: EFFECT OF ENCLOSED AIR VOLUME

From the relation for adiabatic compression of a gas one
finds that the pressure increasepi that results in a gas volume
u when this volume is reduced by an amountud obeys

pi

p0
5

gud

u
, ~A1!

whereg represents the ratio of specific heats of the confined
gas andp0 denotes the pressure of the gas in the initial
volume.

The volume change associated with a disk deflection
y(r )5y0F(r ) may be found by integration of this deflection
over the disk area, yielding a result that may be written by
use of Eq.~12d! as

ud52pa2V2y0 . ~A2!

One may find the work done on the disk as the pressure
increases from 0 topi by use of the two foregoing equations
and integrating over the area of the disk. This work is equal
to the potential energy contributionDU due to the pressure
in the confined volume and may be found to obey

DU5
gp0

u0
~2pa2V2!2

y0
2

2
5DK

y0
2

2
, ~A3!

whereDK denotes the increase in the disk’s modal stiffness
due to the pressure in the confined volume. In view of Eqs.
~15! and ~12c! one may write

K5M3vn
25

2p

a2 V3DN2, ~A4!

where

N[vna2Am/D ~A5!

is a nondimensional natural frequency parameter.4 For a disk
whose edges are clamped,N510.2158; for a disk whose
edges are simply supported and of a material withn50.3,

FIG. 6. Predicted off-axis sound pressure at a distance of 292 cm at opti-
mum cancellation frequency for~-s-! piston alone,~-h-! piston with can-
celler ~clamped edges! and ~-l-! piston with canceller~simply-supported
edges!; compared to measured sound pressure,~-d-! piston alone and~—!
piston with canceller.
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N54.9359. The symbolD denotes the disk’s flexural rigid-
ity, which obeys

D5
Eh3

12~12n2!
, ~A6!

whereE andn represent the modulus of elasticity and Pois-
son’s ratio of the disk material, respectively. The total modal
stiffness in presence of entrapped air isK1DK, and one
thus may find that the natural frequencyvna of the disk,
including the effect of the entrapped air, is related to the
natural frequencyvn in absence of entrapped air as

vna

vn
5A11

DK

K
5A11

~12n2!p0

E

a4

h3l
R, ~A7!

wherel denotes the height of the cylindrical air volume and

R[
24gV2

2

N2V3
. ~A8!

From the previously cited values one finds thatR50.0855
for disks with clamped edges andR50.489 for disks with
simply supported edges and Poisson’s ratio 0.3.

Consider the previously described experimental can-
celer, for example. It has a 0.25 mm thick disk of copper
~with E5110 GPa) with a 20.5 mm radius and a cylindrical
confined air space that is 7 mm high. If the confined air
initially is at atmospheric pressure (p05100 kPa), one finds
thatvna /vn amounts to 1.06 if the disk’s edges are taken as
clamped and to 1.29 if its edges are taken as simply sup-
ported.
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Lattice form adaptive infinite impulse response filtering
algorithm for active noise control
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In some situations of active noise control, infinite impulse response~IIR! filters are more suitable
than finite impulse response~FIR! filters owing to the poles in the transfer function. A number of
algorithms have been derived for applying IIR filters in active noise control; however, most of them
use the direct form IIR filter structure, which faces the difficulties of checking stability and
relatively slow convergence speed for noise composed of narrow-band components with large
power disparity. To overcome these difficulties along with using the direct form IIR filters, a new
adaptive algorithm is proposed in this paper, which uses and updates the lattice form adaptive IIR
filter in an active noise control system. Full mathematical derivations of the proposed algorithm are
presented, and the comparison between the proposed algorithm and the commonly used filtered-u
LMS and filtered-v LMS algorithms shows the superiority of the proposed algorithm. ©2003
Acoustical Society of America.@DOI: 10.1121/1.1529665#

PACS numbers: 43.50.Ki@KAC#

I. INTRODUCTION

Most active noise control systems~ANC! use adaptive
FIR filters and filtered-x LMS algorithm~FXLMS! due to
their simplicity and inherent stability.1 However, there are
some situations where adaptive IIR filters may be more
suitable.1–3 For example, when there are poles in the primary
plant transfer function, or when there is feedback from the
control output to the reference sensor, if an FIR filter is used
in such a system, very long taps are needed. However, with
an IIR filter, much fewer taps can be used, resulting in less
computation load. In general, an IIR filter with sufficient
order can exactly match poles as well as zeros of the physical
system, resulting in a lower residual mean squared error.

Although the algorithms using adaptive IIR filters for
active noise control have been proposed for many years, they
still have not been widely used in the application of the
active noise control system due to the following
disadvantages.1–6 First, IIR filters are not unconditionally
stable due to the possibility that some poles of the filters
might move outside of the unit circle during the weights
update. Second, the existing adaptive algorithms have a
lower convergence speed and may converge to a local mini-
mum. Therefore, it is recommended that whenever possible,
adaptive FIR filters should be used.7

The adaptive IIR filters used in active noise control are
usually in the direct form, for example, the filtered-u LMS
~FULMS! algorithm,4 filtered-v LMS ~FVLMS! algorithm,5

and the ‘‘correct algorithm’’ proposed by Snyder.3 All these
adaptive algorithms use the direct form IIR filter, hence hav-
ing the same problems of possible instability and slow con-
vergence. The lattice structure is an alternative form of a
digital filter, which possesses the advantages of inherent sta-
bility and greatly reduced sensitivity to the eigenvalue spread

of the reference signal.8,9 Many algorithms have been pro-
posed to make the lattice form adaptive IIR filter.9–13 This
paper will propose a new adaptive algorithm for using the
lattice form adaptive IIR filter in active noise control. Full
mathematical derivations of the lattice gradient descent algo-
rithm and a simplified gradient lattice algorithm will be pre-
sented, and the performance of the proposed algorithm will
be compared with the FUVLMS and FVLMS algorithm.

The idea of using lattice filters in active noise control is
not new. However, it is usually used as a preprocessor fol-
lowed by an FIR filter.14–20 The preprocessor~lattice filter!
decorrelates the reference signal to produce uncorrelated
backward prediction error signals based on the Gram–
Schmidt orthogonalization process.21 Then, the FIR filter op-
erates on these uncorrelated signals; thus, the convergence of
the adaptive filter does not suffer from eigenvalue disparity
problems. It was shown that this form of the active noise
control system converges significantly faster than the tradi-
tional transversal filter when the primary noise consists of
sinusoidal components with widely differing power. Recent
application of lattice filters can be found in Ref. 22, where an
active noise control algorithm based on multivariable gradi-
ent lattice filters was proposed. However, the authors still
treated the lattice structure and FIR filter separately by just
using the decorrelation property of lattice filters. The primary
difference of our proposed lattice algorithm is that the lattice
filter is used as the control filter, not just as a preprocessor;
thus, not only the benefits of adaptive IIR filter are held, but
also the problem of slow convergence and possibility of in-
stability is avoided.

II. THE LATTICE GRADIENT DESCENT ALGORITHM
FOR ANC

Figure 1 shows the flowgraph of the tapped state nor-
malized lattice form IIR filter for active noise control for the
case in which the filter orderM is set to 3. In this figure, thea!Electronic mail: lujing@nju.edu.cn
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primary path transfer functionP(z) represents the transfer
function from the noise source~reference signal is assumed
to be picked there! to the error sensor; the cancellation path
transfer functionC(z) represents the acoustic path from the
secondary source to the error sensor.$z(•)% is some kind of
noise which is statistically independent of the reference sig-
nal $x(•)%. Driven by the reference signal$x(•)% with x(n)
the most recent input sample, the output of the lattice filter
y(n) at timen passes through the cancellation pathC(z) and
produces the control signals(n) at the location of the error
sensor. The error sensor, which is the sum of the primary
noise p(n), uncorrelated noisez(n), and control signal
s(n), will be picked up by the error sensor and be used by
the adaptive algorithm to update the lattice filter parameters.

The filter parameters are the rotation angles$u1 ,...,uM%
plus the tap parameters$n0 ,...nM%, which are related to the
direct form filter parameters in a nonlinear manner, and may
be converted to the direct form filter parameters and vice
versa.8,21 As shown in Fig. 1, the cascade structure in the
lattice filter propagates a forward signalf k(n) and a back-
ward signalbk(n) at timen and section numberk. By adapt-
ing $uk% in such a way thatusinuku,1, the stability of the
lattice filter is ensured.9

The output of the lattice filter is

y~n!5 (
k50

M

bk~n!yk , ~1!

$bk(n)% for k5M ,M21,...,1 are obtained by the Schur
recursion9

F f k21~n!

bk~n! G5Fcosuk 2sinuk

sinuk cosuk
G F f k~n!

bk21~n21!G , ~2!

where f M(n)5x(n) andb0(n)5 f 0(n).
Development of the lattice version of the gradient de-

scent algorithm for active noise control follows the same
methodology as for the direct form: the output error is dif-
ferentiated with respect to the filter parameters to obtain
negative gradient signals.9 The convergence properties of the
direct form and lattice algorithms are theoretically equiva-

lent: both algorithms seek the minimum points of the cost
function E@e2(n)#, but in different parameter spaces. The
key advantage of the lattice over the direct form concerns
filter stability: the lattice filter is inherently stable in time-
varying environments while the direct form is not.8,9 The
following mathematical derivations are similar to those in
Ref. 9, except where in Ref. 9, the algorithm is derived for
normal adaptive filtering without taking into the account of
the cancellation path.

Setz as the unit delay operator, that means for any input
sequence$u(n)%, zu(n)5u(n21); therefore, the transfer
function that will be used in the following derivations can be
regarded as the rational model of the unit delay operator.

As with the direct form algorithm, the output error sig-
nal is

e~n!5p~n!1s~n!1z~n!5@P~z!1W~z!C~z!#x~n!1z~n!,
~3!

whereW(z) is the transfer function of the lattice filter. The
parametric derivatives of this error signal are given by

]e~n!

]yk
5

]s~n!

]yk
5

]W~z!

]yk
C~z!x~n!

~4!
]e~n!

]uk
5

]s~n!

]uk
5

]W~z!

]uk
C~z!x~n!.

The derivative with respect to the tap parameters$nk% is
straightforward. In the lattice form, there is

W~z!5 (
k50

M

ykBk~z!, ~5!

so that

]e~n!

]yk
5Bk~z!C~z!x~n!, ~6!

whereBk(z) is the transfer function of the lattice filter cor-
responding to thekth backward signal. The signals obtained
from Eq. ~6! are called filtered regressor signals, as they are
formed by filtering the input with the cancellation path trans-

FIG. 1. Tapped state normalized lat-
tice filter for active noise control for
M53.
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fer function and the lattice filter. The signals can be obtained
with an auxiliary lattice filter, as shown in Fig. 2 for the case
M53, where the filtered regressor signal for the tap param-
eters$nk% is $bck(n)%. The instantaneous estimate of the gra-
dient signal of the cost functionE@e2(n)# corresponding to
the tap parameternk is

¹yk
~n!52e~n!

]e~n!

]yk
52e~n!bck~n!. ~7!

With the negative gradient direction2¹nk(n), the cor-
responding gradient descent form algorithm can be easily
constructed as shown in Appendix A. For the case ofC(z)
51 where the cancellation path is ideal, the algorithm is
simplified to the case of normal lattice form adaptive filter-
ing; the filtered regressor signals for the tap parameters be-
come$bk(n)% in Fig. 1. In this case, it is not necessary to use
a separate auxiliary lattice filter to obtain the filtered regres-
sor signals.

Obtaining derivative signals with respect to the rotation
angles$uk% is more complicated. Via Eqs.~3! and ~5!, there
is

]e~n!

]uk
5

]W~z!

]uk
C~z!x~n!5(

l 50

M

y l

]Bl~z!

]uk
C~z!x~n!,

~8!

which requires obtaining the sensitivity function
]Bl(z)/]uk .

Set now

]Bl~z!

]uk
D= Buk,l~z!,

]Fl~z!

]uk
D= Fuk,l~z!.

By applying differential operator]/]uk to thez transform of
Eq. ~2!, there are

FFuk,l 21~z!

Buk,l~z! G5Fcosu l 2sinu l

sinu l cosu l
G F Fuk,l~z!

zBuk,l 21~z!G , if kÞ l

~9!

and

FFuk,l 21~z!

Buk,l~z! G5Fcosu l 2sinu l

sinu l cosu l
G F Fuk,l~z!

zBuk,l 21~z!G
1F2sinu l 2cosu l

cosu l 2sinu l
G F Fl~z!

zBl 21~z!G , if kÞ l

~10!

by using

Fl 21~z!5cosu l•Fl~z!2sinu•zBl 21~z!

~11!
Bl~z!5sinu l•Fl~z!1cosu•zBl 21~z!.

For k5 l , there is

FFuk,l 21~z!

Buk,l~z! G5Fcosu l 2sinu l

sinu l cosu l
G F Fuk,l~z!

zBuk,l 21~z!G
1F 2Bl~z!

Fl 21~z!G . ~12!

BecauseFM(z)51 and B0(z)5F0(z) for all $uk%, the
boundary conditions for completing the recursion are

Fu k,M~z!50, Bu k,0~z!5Fu k,0~z!. ~13!

For illustration purposes, Fig. 3 shows the filtered regressor
signal corresponding to the rotation parameteru2 for the fil-
ter order ofM53.

The instantaneous estimate of the gradient signal of the
cost functionE@e2(n)# corresponding to the rotation param-
eteruk is

FIG. 2. Filtered regressor signals for
the tap parameters.

FIG. 3. Filtered regressor signal for
the rotation parameter.

329J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Lu et al.: Lattice filter for active noise control



¹uk
~n!52e~n!

]e~n!

]uk
52e~n!bu k~n!. ~14!

An overall algorithm list is given in Appendix A. Note that
the ‘‘Test’’ step in the algorithm not only guarantees the sta-
bility of the adaptive process but also ensures the uniqueness
of the mapping from the transfer function space to the pa-
rameter space.9

It should be noted thatM additional lattice filters are
required to obtain the filtered regressor signals$2¹uk(n)%
corresponding to the rotation parameters. Thus, the complex-
ity is of the orderM2, both for computation and storage.
Considering that the normally used direct form IIR filters
such as filtered-u4 algorithm and simplified filtered-v
algorithm5 required only orderM computation and storage,
the increased complexity of the lattice form is an obvious
disadvantage. A simplified gradient lattice algorithm with a
computation complexity order ofM is described below.

III. THE SIMPLIFIED GRADIENT LATTICE ALGORITHM
FOR ANC

After examining the behavior of the filtered regressor
signals$¹uk% corresponding to the rotation parameters along
the reduced error surface with the tap parameters$nk% being
optimized, a partial gradient algorithm of orderM complex-
ity can be derived. The derivation is quite complex, and the
details are omitted for brevity. However, a similar deviation
of adaptive lattice algorithm that used in system identifica-
tion can be found in Ref. 9, which does not take into account
the cancellation path as in an ANC system.

Consider the ideal update formula

yk~n11!5yk~n!2
m

2

]E@e2~n!#

]yk
,

~15!

uk~n11!5uk~n!2
m

2

]E@e2~n!#

]uk
,

where the final correction terms may be written as the inner
product

2
m

2

]E@e2~n!#

]yk
52m K ]W~z!

]yk
C~z!,Sx~z!

3@P~z!1W~z!C~z!#L ,

~16!

2
m

2

]E@e2~n!#

]uk
52m K ]W~z!

]uk
C~z!,Sx~z!

3@P~z!1W~z!C~z!#L ,

whereSx(z) is the spectral density function associated with
the reference signal$x(•)% and the inner product is defined
as ^F(z),G(z)&5 (1/2p j )ruzu51F(z)G(z21)(dz/z) .

With tap parameters$nk% being optimized, there is

K ]W~z!

]yk
C~z!,Sx~z!@P~z!1W~z!C~z!#L 50. ~17!

Using the above condition, it can be shown that if the param-
eters are held stationary, the following equation can be ob-
tained:

2m K ]W~z!

]uk
C~z!,Sx~z!@P~z!1W~z!C~z!#L

5m K ]DM~z!

]uk

1

DM~z!
W~z!C~z!,Sx~z!

3@P~z!1W~z!C~z!#L .

Thus

uk~n11!5uk~n!1m
]DM~z!

]uk

1

DM~z!
W~z!C~z!x~n!,

~18!

whereDM(z) is equal toH(z) of the corresponding equiva-
lent direct form IIR filter with a transfer function of
G(z)/H(z). After further deviation and approximation, it can
be shown

]DM~z!

]uk

1

DM~z!
'gkzBk21~z!, ~19!

where

gk5 )
l 5k11

M

cosu l , gM51. ~20!

The resulting algorithm would appear as

vk~n11!5vk~n!2me~n!•Bk~z!C~z!x~n!,

k50,1,...,M ,
~21!

uk~n11!5uk~n!1me~n!•gkzBk21~z!W~z!C~z!x~n!,

k51,2,...,M .

Figure 4 shows the flowgraph for generating the necessary
filtered regressor signals. The algorithm listing appears in
Appendix B. Note that the technique used to determine the
values of$sinuk(n11)% and$cosuk(n11)% is called ‘‘annihi-
lation operations,’’9 where the need for computing trigono-
metric functions in every step is avoided and thus the effi-
ciency for the algorithm’s implementation is improved.
Accordingly the ‘‘Test’’ step in the algorithm has been modi-
fied and appears different from that in Appendix A.

It can be found that the complexity of the algorithm is
reduced to the order ofM . Note, although it can be shown
that the stationary points of the above simplified algorithm
are indeed the stationary points of the cost function
E@e2(n)#,9 the possibility that the convergence points are the
saddle points cannot be excluded because the expected value
of the update term concerning the rotation angles$uk% is not
indeed a negative gradient vector of the cost function. How-
ever, the following simulations suggest that this algorithm
tends towards a local minimum.
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IV. SIMULATION RESULTS

A. Description of the simulations

In this section, several illustrative results are presented
on comparisons between the proposed algorithm and com-
monly used FULMS algorithm4 and FVLMS algorithm.5

Only the simplified gradient lattice algorithm described in
Sec. III will be used for simulations, which will be called
LFRLMS ~lattice filtered reference LMS! algorithm in the
following context. All the simulations were conducted using
the acoustic transfer functions of a single input and output
active noise control system measured in the anechoic room
with a sampling rate of 8000 Hz. Figure 5 shows a schematic
diagram of the system, where two identical loudspeakers
were placed 20 cm from each other, one acted as the noise
source and the other acted as the control source. An error
microphone was placed 1.3 m away from the center of two
loudspeakers. The impulse responses corresponding to the
primary path and the cancellation path are shown in Fig. 6.
Note, the optimum filter form for ANC is somewhat like
2P(z)/C(z) and the filter order of the adaptive controller
should be equal to or higher than that of2P(z)/C(z) ~which
is 128 in our simulation! to yield optimum control as far as
ANC for wideband noise is concerned. However, in most
realistic ANC systems, it is not possible to make the adaptive
filter order satisfy the above condition, so the order of the
IIR filter was set to 64 for all the algorithms to make the
simulations more realistic while still holding quite good per-
formance. The step size parameters of the adaptive algo-

rithms were adjusted to the extent that any increase to the
parameter would cause the control process to be unstable.

B. Convergence speed

The white Gaussian noise with 4000-Hz bandwidth gen-
erated by the computer was used as the noise source first, and
the convergence speeds of the three algorithms are shown in
Fig. 7. It can be seen that there is no dramatic difference
among these three algorithms as far as for attenuating white
noise. FVLMS algorithm and FULMS algorithm perform al-
most the same and the proposed LFRLMS algorithm gives
slightly better performance than the other two algorithms.
Theoretically the convergence performance of the lattice
form and direct form IIR filters should be similar for the
noise signal with quite flat power spectrum. However, be-
cause lattice form adaptive IIR filters are more stable, the
convergence coefficient may be set a little larger, resulting in
faster convergence speed.

FIG. 4. Generation of filtered regres-
sor signals in simplified gradient algo-
rithm.

FIG. 5. Schematic diagram of the simulation system.
FIG. 6. Impulse responses used for primary path and secondary path with
~a! primary path and~b! secondary path.
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C. Robustness to cancellation path model errors

As the most often used FXLMS algorithm in ANC, all
three of these algorithms use the model of the cancellation
path transfer function. In convergence comparison, the simu-
lation results were calculated with models that were exactly
the same as the plant, which may not be the case in practical
situations. In order to evaluate the effect of the model errors
on the performance of the algorithms, simulations of the
same ANC system with noisy cancellation path models were
performed. Note that if the errors in the cancellation path
model are too large, none of the algorithms will converge.

The performance of all these algorithms using exact and
noisy plant models are shown in Figs. 8–10, respectively. It
can be seen that even when the cancellation model error
becomes quite large~with SNR 0 dB!, the proposed LFR-
LMS algorithm still gives quite good performance while the
FVLMS algorithm and the FULMS both deteriorate greatly.
This can partly be explained by the following reasons: the
lattice structure bears the ability of orthogonalizing the input

signal8,21 and this ability compensates the influence of the
cancellation path model error partly and makes the lattice
form adaptive IIR filtering algorithm more robust. It also can
be seen that FVLMS algorithm deteriorates most when can-
cellation path model error was added. This is probably
caused by the fact that the complex calculation of gradient
vector corresponding to the parameters of direct form IIR
filter used in FVLMS algorithm makes it more sensitive to
the model error. Although simulations here provide some in-
dications for the different robustness of the three algorithms,
further theoretical work is ongoing to fully characterize the
behavior of all the adaptive IIR filters used in ANC. Another
important property that should be noted is that with the ad-
dition of cancellation path model error, there is almost no
necessity to modify the step size of the proposed LFRLMS
algorithm, which makes this algorithm more attractive in
practice. This is also owed to the superiority of stability of
the proposed algorithm.

FIG. 7. Convergence comparisons between different algorithms with~a!
LFRLMS algorithm;~b! FULMS algorithm; and~c! FVLMS algorithm.

FIG. 8. Learning curves for the FULMS algorithm with~a! perfect model of
the secondary path;~b! secondary path model with a SNR of 5 dB; and~c!
secondary path model with a SNR of 0 dB.

FIG. 9. Learning curves for the FVLMS algorithm with~a! perfect model of
the secondary path;~b! secondary path model with a SNR of 5 dB; and~c!
secondary path model with a SNR of 0 dB.

FIG. 10. Learning curves for the LFRLMS algorithm with~a! perfect model
of the secondary path;~b! secondary path model with a SNR of 5 dB; and
~c! secondary path model with a SNR of 0 dB.
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D. Test for noise with large power disparity

In an actual ANC system, the noise signal to be con-
trolled sometimes contains narrow-band components with
large power disparity such as fan noise and babble noise.
This results in a large eigenvalue spread of the input auto-
correlation matrix and will cause the convergence rate of
normal LMS algorithm decrease significantly.1,8 To test the
efficiency of different algorithms for the controlling of more
‘‘real’’ noise, the summation of 100 sinusoid signals with
random frequency between 0 and 3000 Hz were used as the
noise for the simulations and all the sinusoid components
have random amplitudes between 0 and 0.5 and random ini-
tialization phases between 0 and 360 deg. The learning
curves shown in Figs. 11 and 12 were obtained from an
ensemble of 20 trials. Comparing Fig. 11 with Fig. 7, it can
be seen that the convergence rate of LFRLMS algorithms
only decreases slightly while both FVLMS and FULMS al-
gorithms converge much slower than that for controlling

white-noise signal; and from the learning curve of 50 000
iterations in Fig. 12, it can be seen that LFRLMS algorithm
converges on a level approximately 2 dB below the other two
algorithms. It should also be noted that the FVLMS algo-
rithm suffers most from the change of noise source probably
also due to the complex calculation of gradient vector corre-
sponding to the parameters of direct form IIR filter.

Although all the above simulations are based on the im-
pulse responses measured in the anechoic room, similar re-
sults can be obtained by using the impulses responses mea-
sured in a normal room with room dynamics. The main
differences are the longer filter length and heavier computa-
tion burden.

V. CONCLUSIONS

In this paper, the full and simplified gradient IIR lattice
algorithms for ANC were mathematically derived. Then,
the simplified gradient IIR lattice algorithm was tested by
using the measured transfer functions from an active noise
control system. The simulation results demonstrated that the
proposed lattice form adaptive IIR filtering algorithm not
only converges faster than the commonly used FULMS and
FVLMS algorithms when the noise source consists of sinu-
soid components with wide power disparity, but also con-
verges to a smaller mean squared error. It also showed that
the proposed algorithm is far less sensitive to the cancella-
tion path modeling error, which possibly results in a more
robust system in practice. Theoretical analysis of the stability
of the proposed algorithm and the implementation of the
algorithm in a real-time DSP ANC system are ongoing.
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and Professor Martin Bouchard~School of Information Tech-
nology and Engineering, University of Ottawa! for their
helpful advice on using the adaptive IIR filters and some
calculations concerning simulations. This work was sup-
ported by National Natural Science Foundation No.
60272037.

APPENDIX A: THE GRADIENT LATTICE ALGORITHM

Initialization:
Set the order of the lattice filterM and stepsizem
All the filter coefficients and states are set to 0.

Lattice filter computation:
• Let f M(n)5x(n).
• for k5M , M21,...,1do

Ffk21~n!

bk~n! G5Fcosuk~n! 2sinuk~n!

sinuk~n! cosuk~n!
GF fk~n!

bk21~n21!G
end for

• b0(n)5 f 0(n).
• Lattice filter output:

y~n!5 (
k50

M

bk~n!yk~n!.

FIG. 11. Learning curves for different algorithms of 5000 iterations with
noise source of large power disparity.~a! LFRLMS algorithm;~b! FULMS
algorithm; and~c! FVLMS algorithm.

FIG. 12. Learning curves for different algorithms of 50 000 iterations with
noise source of large power disparity.~a! LFRLMS algorithm;~b! FULMS
algorithm; and~c! FVLMS algorithm.
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Post filter computation:
• Let f cM(n)5c(n), where

c~n!5(
i 50

N

cwi~ i !x~n2 i !.

(cwi(n) ( i 50,...,n) are the estimated cancellation path im-
pulse response with ordern11.)

• for k5M ,M21,...,1do

F f ck21~n!

bck~n! G5Fcosuk~n! 2sinuk~n!

sinuk~n! cosuk~n!
G F f ck~n!

bck21~n21!G
end for

• bc0(n)5 f c0(n). ~Filtered regressor signal corresponding
to nk is bck(n).)

• for k51,...,M do
Let f uk,M50.
for l 5M ,M21,...,1 do

if l 5k

F f uk,l 21~n!

buk,l~n! G5Fcosu l~n! 2sinu l~n!

sinu l~n! cosu l~n!
G F f uk,l~n!

buk,l 21~n21!G
1F2bcl~n!

f cl21~n!G
else

F f uk,l 21~n!

buk,l~n! G5Fcosu l~n! 2sinu l~n!

sinu l~n! cosu l~n!
G F f uk,l~n!

buk,l 21~n21!G
end if

buk,0~n!5 f uk,0~n!.

end l loop.

Filtered regressor signal corresponding touk :

buk~n!5(
l50

M

ylbuk,l~n!.

end k loop.

Filter coefficient updates:

yk(n11)5yk(n)1me(n)bck(n)

uk~n11!5uk~n!1me~n!buk~n!

Test:

for k51,...,M do

if uuk~n11!u.p/2 setuk~n11!5uk~n!.

end for

APPENDIX B: THE SIMPLIFIED GRADIENT LATTICE
ALGORITHM

Initialization:
Set the order of the lattice filterM and stepsizem
All the filter coefficients and states are set to 0.

Lattice filter computation:
• Let f M(n)5x(n).
• for k5M ,M21,...,1do

F f k21~n!

bk~n! G5Fcosuk~n! 2sinuk~n!

sinuk~n! cosuk~n!
G F f k~n!

bk21~n21!G
end for

• b0(n)5 f 0(n).
• Lattice filter output:

y~n!5 (
k50

M

bk~n!yk~n!

Post filter computation:

• Let f cM(n)5c(n), where

c~n!5(
i 50

N

cwi~ i !x~n2 i !.

(cwi(n) ( i 50,...,n) are the estimated cancellation path im-
pulse response with ordern11.)

• for k5M ,M21,...,1do

F f ck21~n!

bck~n! G5Fcosuk~n! 2sinuk~n!

sinuk~n! cosuk~n!
G F f ck~n!

bck21~n21!G
end for

• bc0(n)5 f c0(n). ~Filtered regressor signal corresponding
to nk is bck(n).)

Filter regressor:

• Let gM51.

• for k5M ,M21,...,1do
Filtered regressor signal corresponding touk :

buk~n!52gkbyk21~n!

gk215gk cosuk~n!

end for

Filter coefficient updates:

yk~n11!5yk~n!2me~n!bck~n!

• Let gM51

• For k5M ,M21,...,1do

Fgk21

qk
G5Fcosuk~n! 2sinuk~n!

sinuk~n! cosuk~n!
G F gk

me~n!buk~n!G
Test:

if gk21,0, set gk215gk cosuk(n)
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end for

• Let a05g0

• For k51,2,...,M do

Fak

0 G5F cosuk~n11! sinuk~n11!

2sinuk~n11! cosuk~n11!
G Fak21

qk
G

end for
Post filter computation:

• yc(n)5(k50
M bck(n)yk(n)

• Let f yM(n)5yc(n)

• for k5M ,M21,...,1do

F f yk21~n11!

byk~n11! G5Fcosuk~n11! 2sinuk~n11!

sinuk~n11! cosuk~n11!
G

3F f yk~n!

byk21~n!G
end for

• by0(n)5 f y0(n).

1S. M. Kuo and D. R. Morgan,Active Noise Control Systems—Algorithms
and DSP Implementations~Wiley, New York, 1996!.

2B. L. Olsen, R. W. Jones, B. R. Mace and C. R. Halkyard, ‘‘Increasing the
Convergence Rate of Adaptive Feedforward ANC,’’ in Proceedings of
International Symposium onActive Control of Sound and Vibration, Fort
Lauderdale, FL, December 1999.

3C. H. Hansen and S. D. Snyder, Active Control of Noise and Vibration
~E&FN SPON, 1997!.

4L. J. Eriksson, ‘‘Development of the Filtered-U Algorithm for Active
Noise Control,’’ J. Acoust. Soc. Am.89, 257–265~1991!.

5D. H. Crawford and R. W. Stewart, ‘‘Adaptive IIR Filtered-v Algorithms
for Active Noise Control,’’ J. Acoust. Soc. Am.101, 2097–2103~1997!.

6L. J. Eriksson, T. A. Laak, and M. C. Allie, ‘‘On-line Secondary Path
Modeling for FIR and IIR Adaptive Control in the Presence of Acoustic
Feedback,’’ in Proceedings of International Symposium on Active Control
of Sound and Vibration, Fort Lauderdale, FL, December 1999.

7A. P. Liavas and P. A. Regalia, ‘‘Acoustic Echo Cancellation: Do IIR
Models Offer Better Modeling Capabilities Than Their FIR Counter-
parts?’’ IEEE Trans. Signal Process.46~9!, 2499–2504~1998!.

8S. Haykin,Adaptive Filter Theory~Prentice-Hall, Englewood Cliffs, NJ,
1991!.

9P. A. Regalia,Adaptive IIR Filtering in Signal Processing and Control
~Dekker, New York, 1995!.

10S. Horvath, Jr., ‘‘Lattice Form Adaptive Recursive Digital Filters: Algo-
rithms and Applications,’’ in Proceedings of IEEE Int. Symp. Circuits
Syst., pp. 128–33~1980!.

11P. A. Regalia, ‘‘Stable and Efficient Lattice Algorithms for Adaptive IIR
Filtering,’’ IEEE Trans. Signal Process.40~2!, 375–388~1992!.

12K. X. Miao, H. Fan, and M. Doroslovaeki, ‘‘Cascade Lattice IIR Adaptive
Filters,’’ IEEE Trans. Signal Process.42~4!, 721–741~1994!.

13R. Lopez-Valcarce and F. Perez-Gonzalez, ‘‘Adaptive Lattice IIR Filtering
Revisited: Convergence Issue and New Algorithms with Improved Stabil-
ity Properties,’’ IEEE Trans. Signal Process.49~4!, 811–821~2001!.

14D. C. Swanson, ‘‘Lattice Filter Embedding Techniques for Active Noise
Control,’’ in Proceedings of International Congress and Exposition on
Noise Control Engineering, pp. 165–168~1991!.

15N. C. Mackenzie and C. H. Hansen, ‘‘The Use of an Alternative Adaptive
Algorithm with a Lattice Structured Filter for a Multi-channel Active
Noise or Vibration Control System,’’ in Proceedings of International Con-
gress and Exposition on Noise Control Engineering, pp. 177–180~1991!.

16K. Char and S. M. Kuo, ‘‘Performance Evaluation of Various Active Noise
Control Algorithm,’’ in Proceedings of International Congress and Expo-
sition on Noise Control Engineering, pp. 331–336~1994!.

17S. M. Kuo and J. Luan, ‘‘Cross-coupled Filtered-X LMS Algorithm and
Lattice Structure for Active Noise Control Systems,’’ in Proceedings of
IEEE Int. Symp. Circuits Syst., pp. 459–462~1993!.

18H. J. Lee, Y.-C. Park, C. Lee, and D. H. Youn, ‘‘Fast Active Noise Control
Algorithm for Car Exhaust Noise Control,’’ IEE Electron. Lett.36~14!,
1250–1251~2000!.

19Y. C. Park and S. D. Sommerfeldt, ‘‘A Fast Adaptive Noise Control Al-
gorithm Based on the Lattice Structure,’’ Appl. Acoust.47~1!, 1–25
~1996!.

20Y. Tu and C. R. Fuller, ‘‘Multiple Reference Feedforward Active Noise
Control. II. Reference Preprocessing and Experimental Results,’’ J. Sound
Vib. 233~5!, 761–774~2000!.

21C. F. N. Cowan and P. M. Grant,Adaptive Filters~Prentice-Hall, Engle-
wood Cliffs, NJ, 1985!.

22S. J. Chen and J. S. Gibson, ‘‘Feedforward Adaptive Noise Control with
Multivariable Gradient Lattice Filters,’’ IEEE Trans. Signal Process.
49~3!, 511–520~2001!.

335J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Lu et al.: Lattice filter for active noise control



A- and C-weighted sound levels as predictors of the annoyance
caused by shooting sounds, for various façade
attenuation types

Joos Vos
TNO Human Factors, P.O. Box 23, 3769 ZG Soesterberg, The Netherlands
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In a previous study on the annoyance caused by a great variety of shooting sounds@J. Acoust. Soc.
Am. 109, 244–253~2001!#, it was shown that the annoyance, as rated indoors with the windows
closed, could be adequately predicted from theoutdoorA-weighted and C-weighted sound-exposure
levels@ASEL (LAE) and CSEL (LCE)] of the impulse sounds. The explained variance in the mean
ratings by~outdoor! ASEL was significantly increased by adding the product (LCE2LAE!~LAE) as a
second variable. In the present study it was investigated to which extent the additional contribution
of the second predictor is also relevant for fac¸ade attenuation types with lower and higher degrees
of sound isolation than applied previously. Twenty subjects rated the indoor annoyance caused by 11
different impulse types produced by firearms ranging in caliber from 7.62 to 155 mm, at various
levels and for five fac¸ade attenuation conditions. The effect of fac¸ade attenuation on the ratings was
large and consistent. In all conditions, an optimal prediction of the annoyance was obtained with
outdoor ASEL as the first, and (LCE2LAE!~LAE) as the second predictor. The benefit of the second
predictor, expressed as the increase in the explained variance, ranged from 2.5 to 55 percent points,
and strongly increased with the degree of fac¸ade attenuation. It was concluded that for the
determination of the rating sound level, the acoustic parameters ASEL and CSEL are very powerful.
In addition, the results showed that for the whole set of impulses included, the annoyance could also
be predicted very well by the weighted sum ofindoor ASEL and the product (LCE2LAE!~LAE).
© 2003 Acoustical Society of America.@DOI: 10.1121/1.1527957#

PACS numbers: 43.50.Pn, 43.50.Ba, 43.50.Qp, 43.66.Lj@MRS#

I. INTRODUCTION

In studies on the annoyance caused by impulse sounds
produced by small firearms, it has become quite common to
express the dose of a single event as the A-weighted sound-
exposure level or the dose of a series of events as the
A-weighted equivalent sound level~e.g., see Buchta, 1990;
Schomer et al., 1994; Schomer and Wagner, 1995; Vos,
1990, 2001; Vos and Geurtsen, 1987!. For shooting sounds
produced by medium-large and large firearms, however,
there have been various discussions about which frequency
weighting would be more appropriate, A or C~Buchta, 1996;
Bullen et al., 1991; Meloni and Rosenheck, 1995; Schomer,
1977; Schomer and Sias, 1998; Vos, 1995a!.

In a previous study on the annoyance caused by impulse
sounds produced by small, medium-large, and large firearms
~Vos, 2001!, it was shown that an almost perfect prediction
of the annoyance, as rated indoors with the windows closed,
was obtained on the basis of the outdoor A-weighted sound-
exposure level~ASEL; LAE) and the C-weighted sound-
exposure level~CSEL; LCE) of the sounds. With ASEL as the
primary predictor, the explained variance,r 2, in the mean
ratings was already as high as 0.87. With the product (LCE

2LAE!~LAE) as a second predictor,~multiple! r 2 further in-
creased to about 0.97.

Inclusion of the term (LCE2LAE!~LAE) implies that~1!
the annoyance increases with the ‘‘heaviness’’ of the sound
@(LCE2LAE) is small for sounds with relatively little energy
in the low-frequency bands, such as those produced by pis-

tols and rifles, and (LCE2LAE) is high for sounds with rela-
tively more energy in the low-frequency bands, such as those
produced by mortars and howitzers#, and ~2! the additional
annoyance due to the heaviness of the sound increases with
ASEL.

The benefit of using both A-weighted and C-weighted
sound levels~either measured with the time constant of 125
ms @rms fast#, or expressed as sound exposure levels! has
also been shown by Buchta~1996! for explaining differences
in the annoyance caused by the impulses produced by rifles,
20–35-mm cannons, and various detonations, and by
Schomer and Sias~1998! for explaining differences in the
annoyance caused by sonic booms and blast sounds.

In the previous study, the simulated frequency-
dependent fac¸ade attenuation represented the average of
noise reduction characteristics that is frequently found for
Dutch dwellings with the windows closed~Vos, 2001!. It is
of interest to verify the relevance of the second predictor
both for lower and for higher fac¸ade attenuation types.
Lower outdoor-to-indoor noise reductions are relevant to
residents who prefer their bedroom windows to be slightly
open for the major part of the year, and who prefer their
living room windows slightly open in the summer. Higher
noise reductions are relevant to countries where special win-
dow glazing is generally applied for improving thermal iso-
lation.

The results from secondary analyses of the data sets of
over ten social surveys on the effect of outdoor-to-indoor
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noise reduction suggest that residents who are relatively well
insulated from noise exposure at home are less annoyed
~Fields, 1993!. If the combined use of ASEL and CSEL
would lead to a high predictability of the annoyance for vari-
ous degrees of fac¸ade attenuation, this method might be a
potential tool for reducing the variation in individual reac-
tions to shooting sounds.

In the present experiment, 20 subjects rated the indoor
annoyance caused by a great variety of shooting sounds for
five conditions in which the fac¸ade attenuation varied from
low to very high.

In practice, residents may be subject to various degrees
of insulation during the day, and especially in the summer,
may spend a significant portion of their time outdoors in the
garden, at the balcony, or on the terrace. It is understood that
the overall annoyance is in someway determined by the an-
noyance experienced in these different conditions~for refer-
ences, e.g., see Vos, 2001!. A study on the way in which the
annoyance in the various insulation conditions contributes to
the overall annoyance, however, is beyond the scope of the
present article.

II. METHODS

A. Stimuli

In addition to muzzle bangs produced by small~impulse
types 1–4 in Table I!, medium-large~impulse types 5 and 8!,
and large firearms~impulse type 11!, the experiment also
included combinations of muzzle and projectile bangs~im-
pulse types 6 and 7!, a spectral modification of the 155-mm
howitzer muzzle bang~impulse type 9!, and the sound from
a detonating hand grenade~impulse type 10!. With the ex-
ception of impulse type 2, these stimuli have also been used
in a previous study~Vos, 2001!.

For the relevant impulse types, free-field digital record-
ings were made at source–receiver distances ranging from
100–200 m for the small firearms to 800–900 m for the
medium-large and large firearms. From each recording vari-
ous versions of the impulse sound were prepared, yielding
bangs with different sound-exposure levels. Detailed infor-
mation about the recordings and subsequent~spectral! pro-
cessing is given in Vos~2001!. Briefly, in the preparation of
bangs with levels lower than that of the originally recorded
bang, both additional broadband attenuation~geometric
spreading! and additional attenuation of~mainly! the high-
frequency components~air absorption! was applied. For ex-
ample, assume the availability of an original recording at a
distance of 800 m, and the need for a new bang at a sound
level corresponding to a simulated distance of 3200 m. The
additional broadband attenuation then equals 20 log~3200/
800!512 dB. The additional attenuation due to air absorption
in the various frequency bands is calculated for a distance of
3200280052400 m. The calculations were performed for a
meteorological condition with a temperature of 10 °C and a
relative humidity of 80%~ISO, 1978!.

To simulate the various frequency-dependent outdoor-
to-indoor noise reductions, further spectral filtering of the
impulses was applied. For each fac¸ade attenuation type, the
level reduction is shown in Fig. 1. In the condition which

simulated wide-open windows, an attenuation of 5 dB was
assumed for frequencies between 12.5 and 1000 Hz. For
higher frequencies the attenuation was 8 dB at most. With
the windows slightly open, the attenuation ranged from 8 dB
up to 20 dB. There were three conditions which simulated
closed windows. With a median degree of isolation the fa-
çade attenuation increased from 12 dB for the 16-Hz and
31.5-Hz octave bands up to 35 dB for the 8-kHz octave band.
Within 1 dB, this latter fac¸ade attenuation type was equal to
the outdoor-to-indoor noise reduction applied in Vos~2001!.
With the high degree of isolation in the windows-closed con-
dition, the attenuation ranged from 15 dB up to 50 dB. By
using a specific type of double glazing, such a high airborne
noise reduction can be realized~Gerretsen, 1996!. To explore
the effects of a very high degree of isolation, a fac¸ade attenu-
ation type was included in which the reduction in sound level
for the frequencies in the two lower octave bands was as
high as 20 dB.

As in Vos ~2001!, a finite impulse response~FIR! filter
on a DSP card was used to attenuate the signals, and to
compensate as much as possible for the resonances due to
room dimensions and for the nonflat frequency characteris-
tics of the audio equipment.

In the two façade attenuation conditions with relatively
small reductions in sound level, there were five versions per
impulse type, yielding 55~11 types35 levels! different im-
pulses. The~outdoor! ASELs ranged from 47 to 75 dB, in
steps of 7 dB. Outdoor CSEL ranged from 48 to 97 dB. In
the other three fac¸ade attenuation conditions, the total num-
ber of impulses presented was lower: as a result of the simu-
lated façade attenuation, several impulses were inaudible or
hardly audible.

Figure 2 shows the linear sound exposure level~SEL! in
the various1

3-octave bands for the five versions of the muzzle
bang from a 9-mm pistol, a 0.5-in. machine gun, and a
35-mm cannon, and the sound of a detonating hand grenade.
In all cases the levels were determined at the position of the
heads of the subjects in the conditions with the windows
wide open.

For the pistol bangs@Fig. 2~a!# the spectral content is

FIG. 1. Frequency-dependent outdoor-to-indoor sound reduction for five
conditions.
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dominated by the energy in the frequency bands between
about 800 and 2500 Hz, whereas for the bangs from the
detonating hand grenade@Fig. 2~d!#, the spectral content is
dominated by the energy in frequency bands between about
20 and 125 Hz.

For frequencies lower than 25 Hz, the sound levels of
the howitzer bangs drop by about 35 dB/octave. Results from
outdoor measurements reported in Kerryet al. ~1996! show
that for a similar bang produced by a 155-mm howitzer, the
sound level in this low-frequency band drops by about 6
dB/octave. The discrepancy between our spectra and those
reported by Kerryet al. ~1996! might for a relevant part be
explained by the limitations of our audio system noted
above.

For the machine gun@Fig. 2~b!# and the 35-mm cannon
@Fig. 2~c!#, the spectrum contains both lower and higher fre-
quency components at a significant sound level. For all im-
pulse types, Fig. 2 also shows that due to the simulated air
absorption, the relative contribution of the higher frequency
components decreases with overall level. For information
about the rise time and the duration of the impulse sounds,
the reader is referred to Vos~2001!.

Various experts confirmed that the bangs sounded real-
istic. This held true also for the heavy bangs produced by the
hand grenade and the 155-mm howitzer. Given that for fre-
quencies higher than 25 Hz the frequency response was flat,
it is not a priori evident that our experimental results would

have been different if we had been able to reproduce the
sound levels in Kerryet al. ~1996! for frequencies lower than
25 Hz.

In order to make the acoustic environment more realistic
as well, a soft, spectrally modified pink noise was continu-
ously present throughout the experiment at an A-weighted
average level of 35 dB. The spectral content was dominated
by energy in the frequency range between 25 and 125 Hz.
For higher frequencies, the spectral envelope slope was26
dB/octave.

B. Apparatus

The experiment was entirely computer controlled. The
sounds were reproduced in the listening room~w313h53.5
35.933.3 m! by means of two amplifier/speaker sets, one
set for frequencies lower than, and one set for frequencies
higher than 150 Hz. The speakers were positioned in the
doorway of an adjacent room and were hidden behind a cur-
tain. The reverberation time of the room corresponded to that
of a normal living room. Hearing thresholds were determined
with the help of a Madsen memory threshold audiometer
~MTA 86!.

C. Subjects

Twenty subjects, ten males and ten females, between 19
and 30 years of age, participated in the experiment. Before

FIG. 2. Sound-exposure levels in the various
1
3-octave bands for five versions of the bang from~a! a 9-mm pistol;~b! a 0.5-in. machine gun;~c! a 35-mm

cannon; and~d! a detonating hand grenade, as determined at the ears of the subjects in the simulated conditions with the windows wide open. For each impulse
type, the five spectra correspond to overall outdoor ASELs of 47, 54, 61, 68, or 75 dB.
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the experimental sessions, their hearing thresholds were de-
termined with pure tones between 250 and 8000 Hz. Nine-
teen subjects had hearing levels<15 dB in any part of the
audiogram~best ears!. One subject with hearing levels<5
dB for frequencies up to 4 kHz had a local hearing loss of 25
dB at 6 kHz. Since frequencies higher than 4 kHz were con-
sidered to be irrelevant to the present study, this subject was
regarded as a suitable participant as well. For obtaining in-
formation about the hearing levels at frequencies lower than
250 Hz, the individual hearing thresholds at 500 and 250 Hz
were extrapolated. It was concluded that for all 20 subjects,
their hearing levels at frequencies between 30 and 125 Hz
must have been<15 dB as well. The subjects were paid for
their services.

D. Experimental design

The independent variables were:~1! façade attenuation
~five types, from very low to very high degrees of reduction
in sound level; see Fig. 1!; ~2! impulse type~11 types pro-
duced by firearms ranging in caliber from 7.62 to 155 mm;
see Table I!; sound level~outdoor ASELs of 47, 54, 61, 68,
or 75 dB!. In Sec. II A, it was explained that with respect to
sound level there was an incomplete factorial design. All
three factors were varied within subjects. Each condition
~189 bangs in total! was presented twice for rating.

E. Procedure

After each trial, in which a specific stimulus was pre-
sented twice within about 8 s, the subjects responded to the
question ‘‘How annoying would you find the sound if you
heard it at home in the living room~or study! on a regular
basis?’’ They were told that the bangs were presented in vari-
ous ways to simulate indoor listening conditions with the
windows partly or completely closed. The subjects were en-
couraged to use the whole range of the rating scale with
values from 1~‘‘not annoying at all’’! to 10 ~‘‘extremely
annoying’’!. Each subject was tested separately.

For obtaining mutually comparable ratings for the an-
noyance in the various fac¸ade attenuation conditions, it was
decided to vary fac¸ade attenuation within blocks. The 189
bangs were assigned to five blocks of 37 or 38 stimuli each.
Both for the first and for the second ratings, presentation
order of these blocks was balanced by means of Latin
squares. Presentation order of the stimuli within the blocks
was randomized. Before the experimental sessions, the sub-
jects received nine practice trials. The total duration of the
experimental session was about 4 h, including various breaks
in between. The background noise was continuously present
without interruption.

III. RESULTS

Since in noise zoning it is mandatory to express the
noise dose as levels measured outdoors, it was decided to
design the experiments in such a way that the outdoor levels
were varied systematically. This implies that in Sec. III A the
statistical significance of the effects of the outdoor sound
level and the other stimulus variables could be efficiently
tested with the help of analyses of variance.

In Sec. III B, the ratings are related to indoor levels.
Here, the effects will be analyzed by means of linear regres-
sion only.

A. Indoor ratings as a function of outdoor levels

The results are presented for each fac¸ade attenuation
type separately. Analyses of variance were performed on the
various sets of annoyance ratings. For all sets, the main ef-
fect of subjects was highly significant (p,0.000 001). The
difference between the mean ratings from the subjects with
the highest and the lowest scores was typically about 2 scale
units.

For the larger data sets~Secs. III A 1–3! the variance
explained by the stimulus variables was more than 4–7 times
as large, and for the smaller data sets~Secs. III A 4–5! it was
about 2 times as large as the variance explained by individual
differences.

In general, the analyses of variance showed that the rat-
ings determined in the first measurements were not signifi-
cantly different from those determined in the second mea-
surements, and that there were no significant first1- and
second-order interaction effects of replication and the stimu-
lus variables. In the more detailed presentation of the results
below, it was therefore decided to average across replication.

1. Windows wide open

The annoyance ratings obtained in the condition with the
windows wide open were subjected to an analysis of vari-
ance @20 ~subjects!311 ~impulse type!35 ~outdoor sound
level!32 ~replication!, all repeated measures#. The ratings
significantly increased with increasing ASEL@F(4,76)
5410,p,0.000 001] and were significantly affected by im-
pulse type @F(10,190)516.0, p,0.000 001]. A post hoc
Tukey test~Winer, 1970! showed that averaged across sound
level, the bangs from impulse types 1–8 were all less annoy-
ing than the bangs from impulse types 9–11 (p<0.05).
Moreover, there was a significant interaction effect between
impulse type and sound level@F(40,760)53.72, p
,0.000 001].

The interaction effect is shown in Fig. 3~a! for a number
of bangs produced by small firearms~impulse types 1 and 2!,
medium-large firearms~impulse types 5 and 8!, and large
firearms ~impulse types 10 and 11!. Figure 3~a! illustrates

FIG. 3. Mean annoyance ratings as a function of outdoor ASEL, for three
categories of firearm caliber and two types of fac¸ade attenuation simulating
listening conditions with the windows~a! wide open; and~b! slightly open.
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that at low outdoor ASELs all bangs were about equally
annoying, whereas at higher ASELs the bangs from the
medium-large firearms were less annoying than the bangs
from the large firearms, and that they were more annoying
than the bangs from the small firearms.

On the basis of the mean annoyance ratings given in
columns 3–7 of Table I, it can be verified that the nature of
the interaction effect described above also holds for the im-
pulse types that were not included in Fig. 3~a!.

The 55 mean annoyance ratings~y! from Table I were
subjected to a~forward stepwise! multiple linear regression
analysis in which the independent variables are individually
added to the model at each step of the regression, until
the best regression model is obtained. The potential pre-
dictors were outdoor ASEL, CSEL, LCE2LAE, and
(LCE2LAE!~LAE). ASEL was selected as the first predictor
(y527.110.21LAE) and the explained variance,r 2, in the
mean ratings was equal to 95.4%. Apparently, none of the
other ~single! variables could predict the mean ratings more
accurately than ASEL did. The product (LCE2LAE!~LAE)
was selected as the second predictor@y527.710.21LAE

10.0007(LCE2LAE!~LAE), ~multiple! r 2597.9%]. The con-
stants and regression weights for the two linear functions, as
well as the correspondingr 2 values, are given also in Table
II. Statistically, the increase of 2.5 percent points in the ex-
plained variance was highly significant (p,0.000 001). The
variable LCE2LAE was not selected as the second predictor,
because addition of this variable would have yielded a
smaller increase in the explained variance~2.1 instead of 2.5
percent points!. A further small ~half a percent point! but
significant (p,0.0005) increase in the explained variance

was obtained by the selection of LCE2LAE as the third pre-
dictor.

Table III shows the difference between the outdoor
CSEL and ASEL for the various outdoor ASELs at which the
bangs were presented. The differences increase with increas-
ing weapon caliber and decreasing ASEL~a decrease in the
sound level in front of the fac¸ade corresponds to an increase
in the distance between the source and the receiver!. As in
the previous study~see Table III in Vos, 2001!, LCE2LAE

ranges from about21 to 30 dB.

2. Windows slightly open

The annoyance ratings obtained in the condition with the
windows slightly open were subjected to an analysis of vari-
ance with exactly the same design that was used in Sec.
III A 1. The ratings significantly increased with increasing
ASEL @F(4,76)5288, p,0.000 001] and were significantly
affected by impulse type@F(10,190)521.6, p,0.000 001].
A post hocTukey test showed that averaged across sound
level, the bangs from impulse types 1–7 were all less annoy-
ing than the bangs from impulse types 9–11 (p<0.01).
Moreover, there was a significant interaction effect between
impulse type and sound level@F(40,760)56.24, p
,0.000 001].

The interaction effect is shown in Fig. 3~b! for the same
impulse types that were depicted in Fig. 3~a!. Figure 3~b!
illustrates that at the lowest outdoor ASEL all bangs were
about equally annoying, whereas at higher ASELs the bangs
from the medium-large firearms were less annoying than the

TABLE I. Annoyance ratings, averaged across subjects and replications, for the 11 impulse types and the outdoor measured ASELs~dB! in two listening
conditions.

No. Firearm/ammunition ASEL:

Windows wide open Windows slightly open

47 54 61 68 75 47 54 61 68 75

1 Pistol 2.9 4.1 5.2 6.6 8.0 1.4 2.2 3.1 4.3 5.8
2 Pistol Glock 9 mm 2.6 3.9 5.2 6.6 7.9 1.5 2.4 3.2 4.4 5.7
3 Rifle 7.62 mm 2.7 3.9 5.6 6.9 8.6 1.6 2.3 3.3 5.1 6.3
4 Rifle 0.30 in. 3.1 4.2 5.5 7.1 8.4 1.7 2.5 3.5 4.8 6.4
5 Machine gun 0.5 in. 2.9 4.1 5.4 7.1 8.9 1.5 2.5 3.4 5.1 6.7
6 Cannon 25 mm DST 127 2.5 4.0 5.1 6.6 8.4 1.3 2.6 3.6 4.6 6.1
7 Cannon 35 mm 2.7 3.8 5.2 7.1 8.2 1.5 2.4 3.6 4.7 6.5
8 Cannon 35 mm 2.7 4.1 5.7 7.2 8.8 1.5 2.6 4.2 5.6 7.2
9 Howitzer 155 mm, charge 5M4a 3.2 4.9 6.5 7.7 8.9 1.9 3.0 4.6 5.9 7.4

10 Hand grenade 2.6 4.1 6.3 8.2 9.5 1.6 2.9 4.7 6.7 8.3
11 Howitzer 155 mm, charge 5M4 3.1 4.7 6.7 8.3 9.3 1.9 3.6 5.0 6.4 8.2

aAdditional spectral modification: 63 Hz high pass.

TABLE II. Constants, regression weights, andr 2 values for analyses with one or two predictors, for five fac¸ade
attenuation types.

Window condition

y5g1aLAE y5g1aLAE1b(LCE2LAE!~LAE)

Increase inr 2g a r 2 g a b r 2

Wide open 27.1 0.21 0.954 27.7 0.21 0.0007 0.979 0.025
Slightly open 27.3 0.19 0.896 28.2 0.19 0.0011 0.968 0.072
Closed~median isolation! 26.5 0.15 0.705 29.2 0.17 0.0015 0.970 0.265
Closed~high isolation! 24.9 0.11 0.402 29.4 0.16 0.0014 0.949 0.547
Closed~very high isolation! 26.5 0.14 0.864 28.4 0.14 0.0011 0.967 0.103
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bangs from the large firearms, and that they were more an-
noying than the bangs from the small firearms.

On the basis of the mean annoyance ratings given in
columns 8–12 of Table I, it can be verified that the nature of
the interaction effect described above also holds for the im-
pulse types that were not included in Fig. 3~b!.

Again, the 55 mean annoyance ratings~y! from Table I
were subjected to a multiple linear regression analysis with
the same potential predictors used in Sec. III A 1. ASEL was
selected as the first predictor, withr 2589.6%. The product
(LCE2LAE!~LAE) was selected as the second predictor, with
~multiple! r 2596.8% ~see Table II!. Statistically, the in-
crease of 7.2 percent points in the explained variance was
highly significant (p,0.000 001). A further small but sig-
nificant increase in the explained variance of 1 percent point
was obtained by the selection of LCE2LAE as the third pre-
dictor.

3. Median isolation with windows closed

Figure 4~a! shows the mean annoyance ratings in the
condition in which a median isolation with the windows
closed was simulated, as a function of outdoor ASEL and
with firearm caliber as a parameter. Again, the bangs from
the medium-large firearms@Fig. 4~a! shows the results from
impulse types 5 and 8# were more annoying than the bangs
from the small firearms~impulse types 1 and 2!, and the

bangs from the large firearms~impulse types 10 and 11! were
more annoying than those of the medium-large firearms.
Moreover, the growth in the annoyance with increasing
ASEL was greater for the bangs from the medium-large and
large firearms than it was for the bangs from the small fire-
arms.

The mean annoyance ratings are given in columns 2–6
of Table IV. Fourteen conditions were excluded because the
impulses were not or were only faintly audible. To test the
significance of the effects described above, two analyses of
variance were performed. In the first analysis, the ratings for
four versions of impulse types 5–11, with ASELs of 54, 61,
68, or 75 dB were included. The second analysis included the
ratings for three versions of all 11 impulse types, with
ASELs of 61, 68, or 75 dB.

The first analysis showed that the ratings significantly
increased with increasing ASEL@F(3,57)5220, p
,0.000 001] and were significantly affected by impulse type
@F(6,114)531.4,p,0.000 001]. Moreover, there was a sig-
nificant interaction effect between impulse type and sound
level @F(18,342)53.0, p,0.0001]. The results of the sec-
ond analysis led to essentially the same conclusions.

The 41 mean annoyance ratings~y! from Table IV were
subjected to a multiple linear regression analysis with ASEL,
LCE2LAE, and (LCE2LAE!~LAE) as the potential predictors.2

ASEL was selected as the first predictor, withr 2570.5%.
The product (LCE2LAE!~LAE) was selected as the second
predictor, with~multiple! r 2597.0% ~Table II!. The increase
of 26.5 percent points in the explained variance was highly
significant. The third predictor did not allow a further signifi-
cant improvement ofr 2.

4. High isolation with windows closed

Figure 4~b! shows the mean annoyance ratings in the
condition in which a high isolation with the windows closed
was simulated. Again, the bangs from the medium-large fire-
arms were more annoying than the bangs from the small
firearms, and the bangs from the large firearms were more
annoying than those of the medium-large firearms. The
growth in the annoyance with increasing ASEL was slightly
greater for the bangs from the large firearms than it was for
the bangs from the medium-large firearms.

The mean annoyance ratings are given in columns 7–9
of Table IV. Thirty conditions were excluded because the
impulses were inaudible or only faintly audible. To test the
significance of the effects described above, two analyses of
variance were performed. In the first analysis, the ratings for
three versions of impulse types 6 and 8–11, with ASELs of
61, 68, or 75 dB were included. The second analysis in-
cluded the ratings for two versions of impulse types 3–11,
with ASELs of 68 or 75 dB.

The first analysis showed that the ratings significantly
increased with ASEL@F(2,38)5153, p,0.000 001] and
were significantly affected by impulse type@F(4,76)529.5,
p,0.000 001]. In addition, there was a significant interac-
tion effect between impulse type and sound level
@F(8,152)54.9, p,0.0001]. The second analysis yielded
similar results.

TABLE III. Difference between the outdoor CSEL and ASEL for the vari-
ous outdoor ASELs at which the bangs were presented.

Impulse
type no.

Outdoor ASEL

47 54 61 68 75

1 0.6 20.2 20.6 20.9 21.1
2 0.5 0.0 20.3 20.5 20.6
3 5.8 4.2 3.3 2.7 2.3
4 8.5 6.9 5.7 4.9 4.4
5 12.0 10.0 8.4 7.2 6.2
6 16.3 12.7 9.6 7.1 5.2
7 17.5 14.1 11.3 9.1 7.4
8 19.2 16.7 14.3 12.1 10.3
9 23.4 20.7 17.6 14.8 12.4

10 27.1 26.3 25.0 23.3 21.6
11 28.7 26.2 23.1 20.2 17.6

FIG. 4. Mean annoyance ratings as a function of outdoor ASEL, for three
categories of firearm caliber and for three simulated listening conditions
with the windows closed, resulting in~a! a median;~b! a high; and~c! a very
high degree of fac¸ade attenuation.
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The 25 mean annoyance ratings~y! from Table IV were
subjected to the regression analysis with the same potential
predictors3 used in Sec. III A 3. ASEL was selected first, with
r 2540.2%. The product (LCE2LAE!~LAE) was selected as
the second predictor, with~multiple! r 2594.9% ~Table II!.
The increase of 54.7 percent points in the explained variance
was highly significant. No third predictor was selected for a
further improvement ofr 2.

5. Very high isolation with windows closed

Figure 4~c! shows the mean annoyance ratings in the
condition in which a very high isolation with the windows
closed was simulated. Again, the bangs from the large fire-
arms were more annoying than those of the medium-large
firearms. The growth in the annoyance with increasing ASEL
tended to be slightly greater for the bangs from the large
firearms than it was for the bangs from the medium-large
firearms.

The mean annoyance ratings are given in columns
10–13 of Table IV. Only 13 conditions were included. The
differences between the high and the very high degrees of
façade attenuation were restricted to the very low frequencies
only. Since the bangs from impulse types 1–7 did not contain
significant degrees of energy in these low-frequency bands,
inclusion of these bangs would have resulted in the same
ratings obtained in the conditions described in the previous
section. For impulse types 8–11, the bangs with outdoor lev-
els of 47 dB, and most of the bangs with outdoor levels of 54
dB were excluded because, again, these impulses were inau-
dible or only faintly audible.

To test the significance of the effects described above, an
analysis of variance was performed for three versions of im-
pulse types 8–11, with ASELs of 61, 68, or 75 dB. The
analysis showed that the ratings significantly increased with
ASEL @F(2,38)5104, p,0.000 001] and were significantly
affected by impulse type@F(3,57)513.5, p,0.000 01]. In
addition, there was a small but significant interaction effect
between impulse type and sound level@F(6,114)52.4, p
,0.05].

The 13 mean annoyance ratings~y! from Table IV were
subjected to an analysis with the same potential predictors
used in Sec. III A 1. ASEL was selected as the first predictor,

with r 2586.4%. The product (LCE2LAE!~LAE) as the sec-
ond predictor yielded a~multiple! r 2 equal to 96.7%~see
Table II!. The increase of 10.3 percent points in the ex-
plained variance was highly significant. As an alternative
second predictor, LCE2LAE would have yielded a similar
level of predictability. No third predictor allowed a further
significant improvement ofr 2.

6. A comparison of the effects of the various fac ¸ade
attenuation types

In Secs. III A 1–5, the annoyance ratings were presented
for each fac¸ade attenuation type separately. Here, it is shown
to which extent the ratings were affected by the degree of
façade attenuation.

For obtaining an overall view of this effect, the data
from Figs. 3 and 4 are reproduced in Fig. 5. The various
panels of Fig. 5 show the mean annoyance ratings caused by
the bangs from either the small, the medium-large, or the
large firearms as a function of outdoor ASEL for each sepa-
rate façade attenuation type.

First, it must be concluded from Fig. 5 that the effect of
façade attenuation type was large and consistent. Second, the
differences among the various fac¸ade conditions were
slightly larger for the bangs from the small firearms than for
the bangs from the medium-large and large firearms. Third,
Fig. 5 shows that for all three weapon caliber categories, the
effect of façade attenuation slightly increased with increasing
ASEL. Fourth, for the bangs from the large firearms it is
shown in Fig. 5~c! that in the condition with a high isolation
the ratings were almost equal to those obtained in the condi-
tion with a very high isolation.

For the first three effects discussed above, the signifi-
cance was tested in an analysis of variance@20 ~subjects!33
~façade attenuation; windows wide open, windows slightly
open, or median isolation with windows closed!311 ~im-
pulse type!33 ~outdoor ASEL of 61, 68, or 75 dB!32 ~rep-
lication!, all repeated measures#. As expected, the differences
among the three fac¸ade attenuation conditions were highly
significant@F(2,38)5437, p,0.000 001]. The effect of fa-
çade attenuation was dependent on impulse type
@F(20,380)54.17,p,0.000 002], which confirms the previ-

TABLE IV. Annoyance ratings, averaged across subjects and replications, for the 11 impulse types and the outdoor measured ASELs~dB! in the three listening
conditions with the windows closed.

Impulse
type no. ASEL:

Windows closed
~median isolation!

Windows closed
~high isolation!

Windows closed
~very high isolation!

47 54 61 68 75 61 68 75 54 61 68 75

1 ¯ ¯ 1.6 2.2 3.5 ¯ ¯ 1.9 ¯ ¯ ¯ ¯

2 ¯ ¯ 1.6 2.4 3.5 ¯ ¯ 2.1 ¯ ¯ ¯ ¯

3 ¯ ¯ 1.9 2.7 4.1 ¯ 1.8 2.4 ¯ ¯ ¯ ¯

4 ¯ ¯ 2.0 3.1 4.1 ¯ 1.7 2.7 ¯ ¯ ¯ ¯

5 ¯ 1.3 2.2 3.2 4.7 ¯ 2.0 2.8 ¯ ¯ ¯ ¯

6 ¯ 1.3 2.1 3.0 4.3 1.1 1.8 2.5 ¯ ¯ ¯ ¯

7 ¯ 1.2 2.2 3.4 4.7 ¯ 2.0 3.0 ¯ ¯ ¯ ¯

8 ¯ 1.6 2.6 3.8 5.3 1.2 2.6 3.6 ¯ 1.5 2.1 3.2
9 ¯ 1.7 2.8 4.2 5.6 1.7 2.6 4.0 ¯ 1.7 2.5 3.7

10 1.4 2.0 3.4 4.6 6.5 2.2 3.3 4.8 1.2 1.9 2.9 4.4
11 ¯ 1.8 3.0 4.5 6.2 2.0 2.6 4.1 ¯ 1.8 3.0 4.0
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ous observation that the effect of fac¸ade attenuation type was
larger for the bangs from the small firearms than for those of
the medium-large and large firearms. The observation that
the effect of fac¸ade condition was slightly larger for the
higher than for the lower sound levels was confirmed also
@F(4,76)54.74,p,0.005].

For the prediction of the indoor annoyance ratings deter-
mined for the whole set of 189 conditions, it is necessary to
include a predictor that represents the degree of fac¸ade at-
tenuation. As potential predictors, the reduction in sound
level in each of the nine octave bands between 16 and 4000
Hz were selected.

For each fac¸ade attenuation type, these values are given
in Table V. A multiple linear regression analysis, with the
~189! mean annoyance ratings as criterion, and ASEL,
CSEL, LCE2LAE, (LCE2LAE!~LAE), and the sound reduc-
tion in the nine octave bands as predictors, showed that for
an accurate prediction of the annoyance, only three indepen-
dent variables are needed.

The sound reduction in the 1000-Hz octave band (R1000)
was selected as the first predictor4 @y55.920.095R1000,
r 250.31]. ASEL was selected as the second predictor
@y524.810.18LAE20.137R1000, ~multiple! r 250.90]. As
a result, by adding ASEL, the explained variance was in-
creased by 59 percent points. A further increase of 7 percent
points in the explained variance was obtained by the selec-
tion of (LCE2LAE!~LAE) as the third predictor@y525.9
10.19LAE10.0011(LCE2LAE!~LAE)20.147R1000, ~mul-
tiple! r 250.97].

Additional regression analyses showed that with alterna-
tive representatives of the degree of fac¸ade attenuation, such
as the reduction in sound level in the 63- or 125-Hz octave
bands, the total explained variance was lower by only 0.7
and 0.1 percent point, respectively, than by using the reduc-
tion in the 1000-Hz octave band. By using the level reduc-
tion in the 16- or 31.5-Hz octave bands as predictors, how-
ever, the total explained variance would have been
significantly lower by 5.8 and 3.7 percent points, respec-
tively.

B. Indoor ratings as a function of indoor levels

1. Windows wide open

In the condition with the windows wide open, the indoor
ASELs of the bangs were 5–6 dB lower than the outdoor
ASELs. For indoor levels, the differences LCE2LAE were
close to the differences listed in Table III for the outdoor
levels.

As in Sec. III A 1, the 55 mean annoyance ratings~y!
from Table I were subjected to a forward stepwise multiple
linear regression analysis, but now withindoor ASEL,
CSEL, LCE2LAE, and (LCE2LAE!~LAE) as the potential pre-
dictors. ASEL was selected as the first predictor (y526.2
10.21LAE; r 2595.9%). The product (LCE2LAE!~LAE) was
selected as the second predictor@y526.610.21LAE

10.0068(LCE2LAE!~LAE), ~multiple! r 2597.9%]. The in-
crease of 2 percent points in the explained variance was
highly significant (p,0.000 001).

FIG. 5. Mean annoyance ratings as a function of outdoor ASEL, for various fac¸ade attenuation types and for bangs produced by~a! small; ~b! medium-large;
and ~c! large firearms.

TABLE V. Sound-level reduction~dB! in nine octave bands for the various fac¸ade attenuation conditions. Values are arithmetic means of the levels in the
corresponding

1
3-octave bands shown in Fig. 1.

Window condition

Center frequency of the octave bands~Hz!

16 31.5 63 125 250 500 1000 2000 4000

Wide open 5.0 5.0 5.0 5.0 5.0 5.0 5.1 6.0 7.0
Slightly open 8.0 8.3 9.9 11.5 13.1 14.9 16.5 17.9 19.0
Closed~median isolation! 12.0 12.5 15.0 18.0 21.1 25.0 28.6 31.5 33.6
Closed~high isolation! 15.0 16.5 20.2 24.5 29.2 34.2 38.7 43.2 46.8
Closed~very high isolation! 20.0 20.3 21.8 24.6 29.2 34.2 38.7 43.2 46.8
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2. Windows slightly open

In the condition with the windows slightly open, the
indoor ASELs of the bangs from the small firearms were
17–18 dB lower than the outdoor ASELs. For the large fire-
arms, the differences between the outdoor and indoor ASELs
were equal to 10–14 dB. Especially for the low-level bangs
from the small firearms and the high-level bangs from the
large firearms, the indoor level differences LCE2LAE were
2–5 dB larger than the differences for the outdoor levels
~Table III!.

As in Sec. III A 2, the 55 mean annoyance ratings~y!
from Table I were subjected to a regression analysis, but now
with the same potential predictors used in Sec. III B 1. ASEL
was selected as the first predictor (y525.310.20LAE; r 2

594.2%). The product (LCE2LAE!~LAE) was selected as the
second predictor @y525.410.20LAE10.000 45(LCE

2LAE!~LAE), ~multiple! r 2595.1%]. The increase of almost
1 percent point in the explained variance was statistically
significant (p,0.005). The regression weight of the second
predictor increased by a factor of 10 after addition of LCE

2LAE as the third predictor @y523.110.15LAE

10.004(LCE2LAE!~LAE)20.17(LCE2LAE), ~multiple! r 2

597.4%]. The latter increase inr 2 was highly significant
(p,0.000 001).

3. Median isolation with windows closed

In the condition which simulated a median degree of
isolation, the indoor ASELs of the bangs from the small fire-
arms were about 30 dB lower than the outdoor ASELs. For
the large firearms, the differences between the outdoor and
indoor ASELs were equal to 15–23 dB. Especially for the
high-level bangs from the large firearms, the differences
LCE2LAE were 4–9 dB larger than the differences for the
outdoor levels~Table III!.

In the multiple linear regression analysis performed on
the 41 mean ratings from Table IV, only indoor ASEL was
selected as a significant predictor (y525.110.20LAE; r 2

594.2%).

4. High isolation with windows closed

In the condition which simulated a high degree of isola-
tion, the indoor ASELs of the bangs from the small firearms
were about 40 dB lower than the outdoor ASELs. For the
large firearms, the differences between the outdoor and in-
door ASELs were equal to 22–30 dB. Indoors, the differ-
ences LCE2LAE were larger than the outdoor differences by
4–6 dB for the bangs from the small firearms, and by 6–12
dB for the bangs from the large firearms.

In the multiple linear regression analysis performed on
the 25 mean ratings from Table IV, only indoor ASEL was
selected as a significant predictor (y523.910.17LAE; r 2

591.0%).

5. Very high isolation with windows closed

In the condition which simulated a very high degree of
isolation, the indoor ASELs of the bangs produced by the

large firearms were only 1–2 dB lower than the ASELs of
the corresponding bangs presented in the high-isolation con-
dition.

In the multiple linear regression analysis performed on
the 13 mean ratings from Table IV, only indoor ASEL was
selected as a significant predictor (y524.510.18LAE; r 2

591.4%).

6. A comparison of the effects of the various fac ¸ade
attenuation types

In Secs. III B 1–5, the annoyance ratings were related to
the indoor acoustic predictors for each fac¸ade attenuation
type separately. For an overall description of the annoyance
for all conditions together, it might in addition to the perti-
nent indoor acoustic variables be relevant to include one or
more predictors that somehow represent features of the fa-
çade attenuation.

A multiple linear regression analysis, with the~189!
mean annoyance ratings as a criterion, and indoor ASEL,
LCE2LAE, (LCE2LAE!~LAE), and the sound reduction in the
nine octave bands~see Table V! as the potential predictors,
showed that for an accurate prediction of the annoyance,
only two independent variables are needed.

Indoor ASEL was selected as the first predictor
(y525.110.20LAE; r 2596.0%). The product (LCE

2LAE!~LAE) was selected as the second predictor
@y525.310.19LAE10.0004(LCE2LAE!~LAE), ~multiple!
r 2596.6%]. The small increase of 0.6 percent points in the
explained variance was statistically significant (p
,0.000 01). Finally, the sound reduction in the 1000-Hz oc-
tave band was selected as the third predictor. However, the
increase in the total explained variance was less than 0.1
percent points and no longer statistically significant (p
.0.08).

Consequently, indoor ASEL is a very powerful single
predictor. For the total set of 189 conditions, this is shown in
Fig. 6~a!. The significance of the product (LCE2LAE!~LAE)
was confirmed in the regression analysis also. This is illus-
trated in Fig. 6~b!, where the mean annoyance ratings from
the 28 bangs produced by the small firearms~impulse types 1
and 2! and the 42 bangs produced by the large firearms~im-
pulse types 10 and 11! are plotted as a function of indoor
ASEL.

The regression functions are inserted to facilitate the ap-
preciation of the level-dependent effect of firearm caliber.
The data from Fig. 6~b! show that for indoor ASELs higher
than about 40 dB, the bangs from the large firearms~rela-
tively high LCE2LAE-values! were more annoying than the
bangs from the small firearms~low or very low
LCE2LAE-values!, and that this difference increases with the
indoor ASEL of the bangs.

For indoor ASELs lower than about 40 dB, the bangs
from the large firearms tended to be less annoying than those
from the small firearms. The annoyance ratings for the bangs
produced by the medium-large firearms are situated in be-
tween those for the bangs from the small and large firearms
@cf. Figs. 6~a! and ~b!#.
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IV. DISCUSSION

A. The benefit of „LCEÀLAE…„LAE… as a second
predictor of the annoyance

In all conditions described in Secs. III A 1–5, an optimal
prediction of the indoor rated annoyance was obtained with
outdoorASEL as the first, andoutdoor (LCE2LAE!~LAE) as
the second predictor. The benefit of the second predictor,
expressed as the increase in the explained variance, ranged
from 2.5% to 55%, and strongly increased with the degree of
façade attenuation. The relatively small increase in the ex-
plained variance of 10 percent points found in the fac¸ade
condition with a very high sound isolation is explained by
the homogeneity of the stimuli included: here, only a few
sounds produced by medium-large and large firearms were
investigated.

In the five façade attenuation types investigated, the re-
gression weights a and b in y5g1aLAE1b(LCE

2LAE!~LAE) ranged between 0.14–0.21 and between
0.0007–0.0015, respectively~see Table II!. For the whole set
of 189 conditions, and with the sound reduction in the
1000-Hz octave band as an additional predictor, the optimal
values fora and b were equal to 0.19 and 0.0011, respec-
tively.

For each separate fac¸ade attenuation type, it was deter-
mined to what extent the explained variance in the mean
annoyance ratings decreased if the regression weights were
fixed ata50.19 andb50.0011. In the condition in which a
high isolation with the windows closed was simulated,r 2

decreased from 94.9% to 87.3%. For the other four fac¸ade
attenuation types, however, the decrease inr 2 was very low,
ranging between 0.1% and 2.5%. Independent of the fac¸ade
attenuation, it might therefore, as a rule of thumb, be justified
to weight the contribution of ASEL with a factor of 0.19, and
the contribution of (LCE2LAE!~LAE) with a factor of about
0.001. In validation studies, in which the effects of the
present procedure will be compared to field data, it has to be
determined to what extent these weights have to be adjusted.

B. Features of a rating procedure for shooting sounds
with indoor levels as a criterion

1. The additional adjustment for heavy bangs

The rating sound level for the great variety of shooting
sounds is expressed as the level of equally annoying vehicle
passby sounds. For obtaining ASEL of equally annoying ve-
hicle sounds, ASEL for impulse sounds produced by small
firearms (LCE2LAE;0 dB) has to be increased by an adjust-
ment of 12 dB~Vos, 1995b!. Since at the relevant receiver
points, the differences between the spectra for the sounds
from small firearms and the spectra for~local! road-traffic
sounds are relatively small, the 12-dB adjustment holds for
all window conditions investigated~Schomeret al., 1994;
Schomer and Wagner, 1995; Vos, 1995b!.

A small but statistically significant increase in the pre-
dictability of the indoor annoyance ratings was obtained by
adding indoor (LCE2LAE!~LAE) as a second variable~see
Sec. III B 6!. Consequently, for rating shooting sounds in
general, in addition to the 12-dB adjustment, a second level-
dependent adjustment is required. This latter adjustment will
now be quantified on the basis of the results of the present
experiment.

The maximum size of the second adjustment was al-
ready shown in Fig. 6~b!, where the indoor ratings are plot-
ted as a function of indoor ASEL for the bangs from the two
heavier firearms, with the ratings for the bangs from the
small firearms as a reference. With respect to the difference
between indoor CSEL and indoor ASEL, the bangs produced
by these heavier firearms were clearly distinct from the other
bangs: For LAE;35dB, LCE2LAE was equal to 28–30 dB,
and for LAE between about 65 and 70 dB, LCE2LAE ranged
between 18 and 23 dB.

In addition to the relatively high values of LCE2LAE,
the bangs from these heavier firearms also yielded about the
same indoor annoyance ratings~y! at comparable ASELs: the
regression line fitted to the data (y526.810.236LAE) ex-
plained 97.3% of the variance in the mean ratings. Relative

FIG. 6. Mean annoyance ratings obtained in the various fac¸ade attenuation conditions as a function of indoor ASEL.~a! for the total set of 189 bangs;~b! for
the bangs produced by the small and large firearms only. Inserted broken lines are regression functions.
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to the dose-response relation for the bangs from the small
firearms (y523.810.165LAE; r 2598.6%), the additional
adjustment for the heavier bangs increased from 5 dB at an
indoor ASEL of 50 dB to 10 dB at an indoor ASEL of 65 dB.
The general equation for the additional adjustment,Pa in
decibel, follows from the slopes and intercepts of the two
functions, and is given byPa5217.910.43LAE, or Pa

50.43(LAE241.6) dB.

2. Determination of the rating sound level for single
events

In Sec. IV B 1, it was shown that for the bangs from the
large firearms, the additional adjustment was equal toPa

50.43(LAE241.6) dB. For these bangs, LCE2LAE was 30
dB at the maximum. For bangs with lower values of LCE

2LAE, the additional adjustment must be smaller. Lower ad-
justments might be obtained by introducing the term (LCE

2LAE)/max(LCE2LAE). With maximum LCE2LAE set to 30
dB, the equation reduces toPa50.014(LCE2LAE!~LAE

241.6) dB.
With indoor levels as a criterion, the rating sound level

for any single impulsive event is given by

Lr5LAE112 dB1b~LCE2LAE!~LAE2a! dB, ~1!

in which a541.6 dB andb50.014 dB21.
Figure 7 shows the indoor annoyance ratings as a func-

tion of the proposed rating sound level for all 189 impulses.
As expected, the statistical association between the rating
sound level and the annoyance score was very high, with a
~Pearson! correlation coefficient equal to 0.986 (r 2

597.3%).
For obtaining an even better association, the functiony

5119•F@(Lr2m)/s# was fitted to the data;F(z) denotes
the cumulative normal~Gaussian! distribution. A least-
squares fit of this function to the mean annoyance ratings
yieldedm568.2 dB ands517.4 dB. The regression function
is inserted in Fig. 7 and explained 98.3% of the variance in
the annoyance ratings.

V. GENERAL CONCLUSIONS

~1! The effect of fac¸ade attenuation on the indoor rated an-
noyance of shootings sounds was large and consistent.

~2! For the bangs produced by small firearms, the effects
were slightly larger than for the bangs produced by the
medium-large and large firearms. This can be understood
from the spectral content of the bangs and the frequency-
dependent fac¸ade attenuation characteristics investi-
gated.

~3! The relevance ofoutdoorASEL as the primary predictor,
and the product (LCE2LAE!~LAE) as the secondary pre-
dictor in the determination of the annoyance rated in-
doors, as found in a previous study, was convincingly
demonstrated for a variety of fac¸ade attenuation types.
The benefit of the second predictor, expressed as the in-
crease in the explained variance, ranged from 2.5 to 55
percent points, and strongly increased with the degree of
façade attenuation.

~4! By and large, a satisfactory prediction of the indoor an-
noyance for each separate fac¸ade attenuation type was
obtained by weighting the contribution of~outdoor!
ASEL with a factor of 0.19, and the contribution of
(LCE2LAE!~LAE) with a factor of about 0.001. These
proposed weightings must be validated in field studies.

~5! For the whole set of impulses included, an almost perfect
prediction of the indoor annoyance ratings was obtained
on the basis of the weighted sum of the fac¸ade attenua-
tion for the 1000-Hz octave band and the two predictors
described in the previous conclusion.

~6! Again for the whole set of impulses included, the annoy-
ance could also be predicted very well by the weighted
sum of indoor ASEL and the product (LCE

2LAE!~LAE).
~7! With the noise dose expressed asindoor levels, the rat-

ing sound level, Lr, is given by Lr5LAE112 dB
1b(LCE2LAE!~LAE2a), with a542 dB andb50.014
dB21. In validation studies it has to be determined to
what extent the constantsa andb have to be adjusted.
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1The analysis of variance performed on the ratings obtained in the condition
with the windows slightly open showed that there was a small but statisti-
cally significant interaction effect of replication and impulse type (p
,0.01): in the second measurements, the annoyance ratings for the bangs
from the small firearms were slightly higher~by about 0.2 scale units!, and
those for the bangs from the large firearms were slightly lower~by 0.25
scale units! than those in the first measurements.

2With CSEL included, CSEL is selected as the first predictor (r 2 is 0.7
percent points higher than that obtained with ASEL! and ASEL is selected
as the second predictor~multiple r 2 is equal to 0.959!. Since with CSEL
and ASEL, the explained variance is clearly lower than that obtained with
ASEL and (LCE2LAE!~LAE), it was decided to exclude CSEL from the final
regression analysis.

3With CSEL included, CSEL is selected as the first predictor (r 2 is 34
percent points higher than that obtained with ASEL! and ASEL is selected
as the second predictor~multiple r 2 is equal to 0.93!. Since with CSEL and

FIG. 7. Mean annoyance ratings obtained for the total set of 189 bangs, as
a function of the indoor rating sound level. The inserted regression line
explains 98% of the variance in the mean annoyance scores.
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ASEL, the explained variance is clearly lower than that obtained with
ASEL and (LCE2LAE!~LAE), it was decided to exclude CSEL from the final
regression analysis.

4The variance explained by the sound reduction in the 1000-Hz octave band
was slightly higher than that explained by ASEL (r 250.3098 vs r 2

50.3088).
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This work investigates aperiodicities that occur in the sustained portion of a sound of musical
instrument played by a human player, due to synchronous versus asynchronous deviations of the
partial phases. By using an additive sinusoidal analysis, phases of individual partials are precisely
extracted and their correlation statistics and coupling effects are analyzed. It is shown that various
musical instruments exhibit different phase coupling characteristics. The effect of phase coupling is
compared to analysis by means of higher order statistics and it is shown that both methods are
closely mathematically related. Following a detailed analysis of phase coupling for various musical
instruments it is suggested that phase coupling is an important characteristic of a sustained portion
of sound of individual musical instruments, and possibly even of instrumental families. Interesting
differences in phase deviations where found for the flute, trumpet and cello. For the cello, the effect
of vibrato is examined by comparing the analysis of a closed string sound played with a natural
vibrato to analysis of an open string sound that contains no vibrato. Following, a possible model for
phase deviations in the cello is presented and a simulation of phase fluctuations for this model is
performed. ©2003 Acoustical Society of America.@DOI: 10.1121/1.1518981#

PACS numbers: 43.60.Cg, 43.75.De, 43.75.Ef@NHF#

I. INTRODUCTION

Acoustical musical instruments, which are considered to
produce a well-defined pitch, emit waveforms that are never
exactly periodic. These aperiodicities, which occur in the
sustained portion of musical instrument, supposedly origi-
nate in some not-well-known fundamental mechanism of
their sound production that depends both on the manner of
playing the instrument and the instrument specific physical
properties.

Among the many mechanisms of possible deviations
from periodicity ~Beauchamp, 1974; McIntyreet al., 1981;
Schumacher, 1992; Rodet, 1993, 1995; Vettori, 1995; Wein-
reich, 1997; Vergez and Rodet, 2000!, we analyze two con-
trasting conditions which appear to be important for sus-
tained portion of sound in musical instruments: synchronous
phase deviations of proportional magnitude1 that preserve the
relative phase relations between the partials and thus do not
change the shape of the waveform except for compressing or
stretching in time, versus independent or phase asynchronous
deviations that change the shape of the signal due to the
changing phase relations between the different frequency
components. By using a sinusoidal analysis, phases of indi-
vidual partials are precisely extracted and their correlation
statistics and coupling effects are analyzed. It is shown that
various musical instruments exhibit different phase coupling
characteristics.

One must note that in this work we analyze sounds as
played by a human player, with all the attendant vibrato and

pitch and amplitude variability. The dependence on the play-
ing method is analyzed in detail for the cello, where naturally
played sound on a closed string with vibrato is compared to
a naturally played open string cello sound that has no vi-
brato.

In earlier works~Dubnovet al., 1998, 1997, 1995!, we
have shown that the particular aspect of phase synchronous
versus asynchronous phase fluctuations is strongly related to
nonlinear properties of the time series model of the signal.
These properties are measured by higher order statistics
~HOS! or polyspectra~Mendel, 1991; Nikias and Mendel,
1993! and were shown to be important for characterization of
musical instruments in the sustained portion of the sound.

It should be noted that statistical properties of a signal
due to phase variations can not be easily revealed by stan-
dard spectral analysis methods due to the fact that second-
order statistics and the power spectrum are ‘‘phase blind,’’
i.e., they are not sensitive to phase variations. In the current
work we employ sinusoidal analysis in order to estimate pre-
cisely the phase behavior of each partial in sustained portion
of musical instruments. We analyze the relative phase fluc-
tuations among different partials using a measure called qua-
dratic phase coupling~QPC!. The precise definition of QPC
will be given in the next section.2 The QPC analysis is com-
pared and mathematically related to higher order statistical
analysis that is applied directly to the signal.

In the paper we first consider the problem of detection of
QPC and define a detector function that receives values in
the range@0, 1#, with value one indicating perfect phase cou-
pling and value zero indicating that partials have completely
uncoupled phases. We show that phase coupling is a major
property of musical instruments with a clearly distinct be-

a!Electronic mail: dubnov@bgumail.bgu.ac.il
b!Electronic mail: rod@ircam.fr
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havior for the case of brass versus string instruments. Spe-
cifically, we extend the earlier HOS research~Dubnovet al.,
1997! by introducing a discrete bispectral measure that is
shown to be equivalent to the phase coupling detector under
some mild shift invariance assumptions.

Finally, a detailed analysis of cello instrument is given,
comparing the QPC for naturally played sound on a closed
string that includes vibrato with a sound of an open string
with no vibrato. For the case of the cello, and possibly string
instruments in general, we suggest a source-filter model that
can generate some phase fluctuations. Simulations with this
model create a signal with uncoherent phase deviations that
look like the fluctuations that were observed in the original
signal.

II. PHASE SYNCHRONOUS VERSUS
ASYNCHRONOUS APERIODICITIES

The additive sinusoidal model~Rodet, 1997; Serra and
Smith, 1989! of an almost perfectly periodic signal is math-
ematically expressed by

x~ t !5 (
l 52L, lÞ0

L

Al~ t !eiu l ~ t !, ~1!

with the phaseu l(t) defined as

u l~ t !5 l •v0•t1f l~ t !, ~2!

wherev0 is the fundamental frequency andAl , f l are the
amplitudes and phases of thel th sinusoidal component~par-
tial!.

Among the many possible mechanisms of deviations
from periodicity that may occur in the sustained portion of a
pitched sound, we analyze two extreme cases:

~1! application of a synchronous and proportional random
modulation to the phases of each partial, such asf l(t)
5 l •f1(t), and

~2! application of random and asynchronous phase modula-
tions to each partial.

A. Synthetic example

In order to demonstrate the effect of synchronous versus
asynchronous deviations we constructed a synthetic signal
consisting of a sum of eight equal-amplitude cosine func-
tions at harmonic frequencies, with fundamental frequency
of 220 Hz. The signal was generated at 8000-Hz sampling
rate.

For the purpose of generating the phase noise, an initial
random vector was created using a random Gaussian noise
generator, producing a signal at a sampling rate of 160 Hz.
Then a phase noise signal at the signal sampling rate was
generated by resampling of the original random vector at a
rate that is 50 times higher than the original random vector,
thus creating a random phase noise signal at 8000-Hz sam-
pling rate.

Next, two sets of phase noise signals were created, for
the synchronous and asynchronous cases, respectively. In the
first case, a single-phase noise signalf1(n) was used to

create the separate phase noise signals of the eight harmon-
ics, with phase noise at harmonick5@1,...,8#, beingfk(n)
5kf1(n). In the asynchronous case, eight independent
noises were created for the eight partials. In order to match
the noise variance in the synchronous and asynchronous
cases, the standard deviation of the noise in the asynchro-
nous case at partialk was set to bek times the standard
deviation of the noise at partial 1. One additional free param-
eter is the standard deviation of the phase noise in the first
partial. In the simulation presented below~Figs. 1 and 2! we
used the value of 0.6 for standard deviation of the first par-
tial.

Figures 1 and 2 demonstrate the signal waveform and
magnitude spectra in the case of synchronous and asynchro-
nous phase deviations, respectively. The top figure~a! shows

FIG. 1. Synthetic signal that was produced by applying synchronous modu-
lation to phases of the harmonic partials. This type of modulation preserves
the shape of the waveform, except for period to period time stretching or
shortening, i.e., the period between successive peaks is modulated. In fre-
quency this amounts to spread in bandwidth of the partials.

FIG. 2. Synthetic signal that was produced by applying asynchronous
modulation to phases of the harmonic partials. This type of modulation does
not preserve the shape of the waveform. In frequency this causes a relatively
smaller spread in bandwidth of the partials.
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the time domain signal and the bottom figure~b! represents
the Fourier analysis of a segment of 1024 samples of the
signal, with a rectangular analysis window. In the synchro-
nous case, the small variation of the signal period, although
not altering the basic waveform, significantly spread the
spectral peaks of the higher partials, effectively turning par-
tials higher than 3 or 4 into noise. For the asynchronous case
we observe that the original, pulselike shape of the wave-
form is significantly distorted, giving a visual impression of
pulses submerged in a high level of noise. This noise effect
can be seen also in the signal’s spectrum. One should note
that the spectral peaks for the asynchronous case remain sig-
nificantly pronounced above noise level.

B. Additive sinusoidal analysis procedure

The additive sinusoidal model represents the audio sig-
nal as a sum of sinusoids~partials! with time-varying ampli-
tudes and frequencies. Mathematical expression of this
model was given earlier in Eqs.~1! and ~2! in Sec. II. For
review of sinusoidal modeling for musical signals see Rodet
~1997!. The signal parameters are estimated in the following
manner:

~1! Window audio signal segment. The windowed segment
will be termed in the following ‘‘analysis frame,’’ or
simply a frame.

~2! Estimate instantaneous pitch~this can be done using a
variety of methods!. Since a precise pitch is crucial for
quality modeling, an extra pitch refinement step is per-
formed.

~3! Searching for peaks of the local periodogram, i.e., peaks
in amplitudes of the short-time Fourier transform
~STFT!.

~4! Amplitudes and the instantaneous frequencies are esti-
mated at the precise frequency of the spectral peaks. In
our analysis we use a quadratic interpolation of three
points around each spectral extrema in order to deter-
mine the precise peak location.

~5! Advance the signal segment to the following frame and
repeat previous analysis steps. It is referred in the fol-
lowing as the ‘‘analysis time step.’’

~6! Finally, a nearest-neighbor matching in time is per-
formed, in order to relate different partials in succession
of analysis frames.

The analysis in the paper was performed using a 20-ms
analysis window with analysis time step of 4 ms. For the
purpose of phase correlation and phase-coupling analysis,
only the sustained portion of the analysis was retained. There
were some cases where ‘‘death’’ or ‘‘birth’’ of harmonics was
observed. In such a case, the instances with almost zero par-
tial amplitudes were removed from the analysis since the
phase in such a case was meaningless.

C. Statistical analysis of a sinusoidal model

Taking the phases of a signal derived from sinusoidal
analysis we look at the instantaneous harmonicity among
different groups of partials. For a triplet of harmonically re-
lated partialsj, k, and l 5 j 1k, a ‘‘synchronous’’ phase be-

havior means that the respective phasesf j , fk , f l obey the
following relation f j1fk2f l50, i.e., that any deviations
that occurs forf j andfk sum up to occur identically inf l ,
up to a constant additive factor of the initial phase of each
partial. In the case when phase coupling does not occur, a
difference in phase deviations occurs between the phases.
This phase coupling difference signal can be either bounded
~and possibly periodic!, or increase by accumulating over
time, so that it eventually passes through all values in@0, 2p#
range.

We introduce a measured3( j ,k) that evaluates the effect
of stochastic phase deviations that occur between partialsj
andk,

d3~ j ,k!5
def 1

NF
(
n51

NF

ei ~f j ~n!1fk~n!2f l ~n!!, ~3!

whereNF is the number of frames available from sinusoidal
analysis. The integral of the exponent of the phase coupling
difference has the following property: in the case of a perfect
coupling, the argument in the exponent is identically 0 and
d3( j ,k) equals 1. In the case when the phase coupling dif-
ference oscillates in a limited range, the resultingd3( j ,k)
will converge to some value between 1 and 0. If the error
‘‘spreads’’ over the whole@0, 2p# range, the value ofd3

approaches 0.

D. Phase correlation and phase-coupling analysis

In this section two statistical measures of phase devia-
tions among partials of a sinusoidal model are considered—
correlation and coupling. In order to be able to calculate
correlation between phases, a careful unwrapping of the
phases must me done. One should note that unwrapping is
not necessary for phase coupling analysis, since the phase
differences that appear in the exponent are not sensitive to
jumps of 2p. The unwrapping is performed in the following
manner:

~i! Phase derivative of thekth partial’s phase is calcu-
lated and divided by 2p. The resulting signal is an
estimate of an instantaneous frequency of thekth par-
tial.

~ii ! A difference signal between the measured instanta-
neous frequency and theoretical instantaneous fre-
quency~estimated as ak times multiplication of the
fundamental frequency! is calculated.

~iii ! Points of 2p jumps are detected by rounding the dif-
ference signal to a nearest integer. The piecewise con-
stant signal is then integrated and multiplied by 2p to
create a ‘‘phase correction’’ signal.

~iv! The ‘‘phase correction’’ signal is added to the original
phase to create the unwrapped phase.

This procedure results in unwrapped phase values that rep-
resent phase fluctuations around an ideal theoretical value
that is derived from the fundamental frequency. This step
also eliminates phase deviations due to effects such as vi-
brato or slight pitch changes. This unwrapped phase is used
to calculate the phase correlation. The QPC measure is cal-
culated according to Eq.~3!.
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In order to examine the difference between phase corre-
lation and coupling, we calculated the matrix of pairwise
correlations among the phases and compared them to the
two-dimensional matrix of quadratic phase coupling~QPC!.
Figure 3 presents the phase correlation and QPC for flute and
trumpet sounds. As can be readily seen from Fig. 3, the two
instruments exhibit a very different correlation and QPC be-
havior. In the trumpet signal we observe a common behavior
of the phase correlation and phase-coupling measure. The
flute exhibits a very little QPC but still a rather significant
correlation. This figure demonstrates the difference between
the two analysis methods: QPC requires a precise instanta-
neous canceling of the relative phase deviations among trip-
lets of partials, while the correlation coefficient depends on
normalized inner product between phase functions.

The differences between correlation and QPC behavior
of the two instruments can be further understood by consid-
ering the behavior of QPC estimates as a function of time. In
the trumpet signal, the phase deviations among the different

partials occur in an almost exact instantaneous correspon-
dence with each other,3 as demonstrated in Fig. 4. This
causes the QPC in the trumpet to remain high. In the flute
signal pairwise correlations occur to a large extent, but the
phase deviations are mostly uncoupled. This lack of instan-
taneous phase coupling in the flute signal causes the QPC
estimate to converge to zero. The behavior of the QPC esti-
mate as function of time for the trumpet and the flute signals
are shown in Fig. 5.

III. RELATION TO HIGHER ORDER STATISTICAL
ANALYSIS

Higher order statistical~HOS! analysis investigates the
behavior of higher order cumulants of stochastic signals. For
third-order analysis we consider triple correlations of the sig-
nal, which equals the third-order cumulant assuming a zero
mean signal,

FIG. 3. Flute~top! and trumpet~bottom! correlation and QPC analysis. Phase correlation is plotted on the left side, QPC on the right side. The axes correspond
to partial numbers, each point on the graph representing the value of correlation or QPC analysis between the two partials. The color scale is white
corresponding to 1, which represents high correlation/coupling, and black corresponding to 0, no correlation or coupling. One should note also thatQPC
analysis is meaningful only at the lower left triangular part of the figure, since there exists no partial beyond Nyquist frequency. The right top part should be
ignored~it is colored black!.
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c3~n,m!5
def

^x~ t !x~ t1n!x~ t1m!&, ~4!

where ^ & means an ensemble average or time average for
ergodic signals. Transforming the third-order cumulant into
frequency domain gives the bispectrum

Bx~v1 ,v2!5
def

(
n52`

`

(
m52`

`

c3~n,m!e2 i ~v1n1v2m!. ~5!

Note that bispectrum is calculated by applying a 2D
Fourier transform to the third-order cumulant function. It can
be shown, moreover, thatBx is equivalently expressed as an
average over the Fourier transformX(v) of x(t). ~This re-
sult is known as the 2D version of the Parseval theorem.!

Bx~v1 ,v2!5^X~v1!X~v2!X* ~v11v2!&. ~6!

Let us consider now a sinusoidal signalx̂ that has equal
amplitudes for all partials. We shall term this signal ‘‘white.’’

We can express this signal as a sum of complex exponentials
with unit amplitude

x̂~ t !5
1

2 (
l 52L, lÞ0

L

eiu l

with u l52u2 l , whereu l is defined in Eq.~2!.
In the Appendix we prove that, under not too severe

assumptions, a discrete version ofBx̂(v1 ,v2) can be de-
fined, which approximately equals tod( j ,k). Assuming that
the frequency resolution of the Fourier analysis isM, we get
the following lemma:

Lemma: For pseudo-periodic signal x̂(t)
5 1

2( l 52L,lÞ0
L eiu l (t) with u l(t)5 lv0t1f l(t), the discrete

bispectrum obeys

Bx̂S 2p

L
j ,

2p

L
kD5d3~ j ,k! ~7!

FIG. 4. Phase behavior of partials 6,8,14 of the trumpet. Phases of the partials appear on the left, phase triplet difference appears on the right~see text!.

FIG. 5. QPC of the trumpet~left! and flute~right! partials for triplet~6,8,14!. The graphs show the decay of QPC as a function of time~analysis frame
number!.
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for phase deviationf l(t) being a white random process.
Proof: See the Appendix.

A. Comparison to bispectral analysis

In order to compare the sinusoidal phase coupling analy-
sis to bispectral methods of detection of QPC, all amplitudes
of the partials must be made approximately equal. This is
required in order to remove the effect of the spectral enve-
lope, which contains information about the amplitudes of
harmonics, on the bispectrum. The estimation of the spectral
envelope was done using linear prediction analysis~LPC!
analysis~Markel and Gray, 1976!, using filter of order 16.
The process of equalizing the partial amplitudes was done by
passing the original signal through an inverse LPC filter.
Having performed the equalization step, we remove an initial
segment of the signal that contains the transient behavior of
the filter and look at the HOS properties of the remaining
inversely filtered result, or the so-calledresidualor ‘‘white’’
signal. We chose to do a LPC equalization due to its simplic-
ity, and also due to the fact that other methods such as the
bicoherence estimator, which divide FFT bins by their abso-
lute values for eliminating the amplitude dependence, often

suffer from numerical problems, due to nearly zero ampli-
tudes of the FFT bins that do not fall on the partials.

The bispectral analysis of the cello and trumpet residual
signals are given in Figs. 6 and 7, respectively. The strong
presence of the high harmonics in the residual significantly
affects the bispectral analysis. Notice that cello residual has
only a few peaks. The analysis is performed on a 2000-
sample-long signal segment, sampled at frequency of 22 050
Hz, i.e., a 90 ms segment. The method of analysis employed
is a so-called ‘‘direct’’ Bispectrum estimation method that
uses the FFT~this is in contrast to ‘‘indirect’’ method that
uses third order cumulant matrix!. In the direct method, the
original frame of analysis is subdivided into eight segments
with 50% overlap. Analysis resolution is 1024~FFT size!. In
Figs. 6 and 7 the axes correspond to normalized frequency,
with f 51 corresponding to sampling frequency of 22 050
Hz. When comparing bispectral analysis to additive phase
coupling analysis, one should note the following differences
in the analysis plots.

~i! While phase coupling analysis is performed on a full
CD-bandwidth signal, i.e., signal with sampling fre-
quency of 44 100 Hz, the bispectral analysis is per-

FIG. 6. Bispectrum of a cello original signal~top! and the bispectrum of the
residual Cello sound~bottom!. See text for more details. FIG. 7. Bispectrum of a trumpet original signal~top! and the bispectrum of

the trumpet residual sound~bottom!. See text for more details.
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formed on a subsampled signal at 22 050 Hz. The rea-
son for using a lower bandwidth in the bispectral
analysis stems from practical considerations of
memory and time requirements of the bispectral esti-
mation algorithm. Moreover, since most of higher or-
der statistical information appears at lower frequen-
cies, there is no need to consider the high frequencies.

~ii ! Bispectral analysis is done on a shorter segment com-
pared to additive phase coupling analysis. In the ad-
ditive analysis the QPC estimate is averaged over a
large segment that contains several hundred analysis
frames, with frame step of 4 ms. This amounts to an
analysis segment of an order of magnitude of few
seconds. In order to compare this to the shorter aver-
aging times of the bispectral analysis, one can evalu-
ate the decay of the QPC as function of time in the
appropriate graphs in the previous sections~90 ms in
bispectral analysis corresponds to 22.5 analysis
frames in QPC!.

~iii ! The resolution of bispectral analysis is approximately
43 Hz. This resolution allows one to clearly see the
separate peaks that correspond to the harmonics. This
is in contrast to the phase-coupling graph where the
values of the axes correspond to partial numbers.
Thus, the partial numbers correspond, in frequency, to
sampling of the bi-frequency plane at a resolution that
correspond to fundamental frequency.

It is interesting and important to note the similarity be-
tween the bispectral analysis and the QPC analysis of Fig. 3.
Apparently, although the QPC method and the bispectral
method are different, they discover similar phenomena.

IV. THE MYSTERY OF THE CELLO: MODELING OF
ASYNCHRONOUS PERIODIC PHASE DEVIATIONS

Cello produces its sound through a nonlinear bow-
excitation process that excites a complex resonance body
with many closely spaced resonances. Since our analysis is

applied to the final sound, we cannot separate the bow-
excitation properties from the effect of the body resonances.
Moreover, we would like to examine the difference between
natural vibrato sound and open-string sound that has no vi-
brato. Accordingly, we analyzed two different cello sounds: a
closed-string C4 pitch sound that contained natural vibrato
and an open-string A3 sound that had no vibrato.

Applying phase analysis to string instruments reveals a
particularly interesting phenomenon. Repeating the same
analysis as done previously for the flute and trumpet, one
finds out~see Fig. 8! that cello played with vibrato exhibits
very little phase coupling among higher partials.

Considering the phase behavior of the various partials of
the cello, it seems that the phase deviations have a random
behavior. A closer look at specific triplets of partials reveals
actually quite a smooth phase behavior, at least for the lower
partials. The phase deviations are periodic, with a period
corresponding approximately to the vibrato rate. This lack of
coupling is different from the random phase deviations of the
flute and possibly is caused by a different acoustical mecha-
nism. In Fig. 9 the phases, phase differences, and phase cou-
pling analysis for two triplets of cello partials are shown.

Comparing these results to analysis of an open-string
cello sound~Fig. 10! reveals another interesting phenom-
enon. An open-string sound has a significantly higher QPC,
showing strongly coupled harmonics up to partial number
60. Moreover, looking at the phase behavior~Fig. 11!, one
sees that the deviations of the phases among the different
partials have similar trajectories, giving high phase correla-
tions as well. These results suggest that the phase coupling
and phase correlation in the cello are closely linked to the
vibrato.

In order to understand the origin of the very asynchro-
nous behavior of the phases in string instruments~Weinreich,
1997; Schumacher, 1992; McIntyreet al., 1981; Beauchamp,
1974; Rodet, 1993, 1995! we have tried to model the peri-
odic temporal variations of the phases of the cello using a
source-filter model. The bow-excitation and the resonance

FIG. 8. Cello phase correlation and QPC analysis.
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body effect are approximately modeled by a harmonic exci-
tation that passes through a bank of closely spaced resona-
tors. In this model the origin of the uncoupled phase behav-
ior could be created as a result of an interaction between a
time-varying excitation signal and the resonator body. Ac-
cordingly, we model it by a slowly varying frequency exci-
tation signal, i.e., a harmonic signal with time-varying fun-

damental frequency f 0(t) that simulates a vibrato,
consequently filtering it by a linear filter that represents an
instrument body resonance. If the instruments’ body reso-
nances, at the frequencies of the partials, are comprised of
very close and narrow peaks, two situations might occur:

~1! Relative phase shifts, up top, could exist between dif-

FIG. 9. Cello phases, phase differences, and QPC for two triplets of partials, numbers 2,4,6 and 8,6,14. The graphs in the left column correspond to analysis
of partials 2,4,6. Right column graphs show analysis of partials 6,8,14. The different rows correspond to phases~top!, phase difference~middle!, and QPC
analysis~bottom!.
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ferent partials, due to differences in phase response of
the body resonance at their corresponding frequencies.

~2! A large phase deviation would occur for a single partial
with a varying frequency, when it passes through a nar-
row peak of a body filter resonance.

The first case could be simulated by having harmoni-
cally related, time-varying partials, that move on the oppo-
site slopes of very narrow resonators~McAdams and Rodet,
1988!. For the second case, a single time-varying sinusoid
might excite almost simultaneously a pair of very closely
spaced and narrow filters. This causes two peaks in the spec-
trum to be present for a single partial~!! when the excitation
occurs between the two resonances. In terms of phase, a
jump would occur again in the middle region, i.e., when
moving away from one and approaching the other resonance,
it reaches a point where a phase difference is nearly 2p.

We expected, at least for the second case, that this effect
would be visible in the spectrum as well. Figure 12 presents
a high resolution analysis of a cello sound around its fifth
partial. The sound was recorded with a close microphone to
eliminate room effects~Studio Online, IRCAM!. Surpris-
ingly enough, we find that instead of having one peak, we
have two very close peaks with their average frequency lying
at the expected harmonic. The additive analysis in such a
case would capture this as a single partial with a widely
varying phase.

A. Modeling of the phase deviation

Simulation of this phenomena was done using a per-
fectly harmonic excitation, whose fundamental frequency
variation was obtained from analysis of the fundamental fre-
quency of an original cello signal. The body resonances were
simulated using a bank of closely spaced~30 Hz! and
narrow-band (BW510 Hz) filters. A single resonator filter
can be designed as a filter having two poles in conjugate
location in theZ plane, located at radiusR and angleu, with
corresponding transfer function

H~z!5
1

122R cos~u!z211R2z22 , ~8!

so thatu corresponds to the center frequency of the resonator
andR is determined according to the desired bandwidth4 B,
with the relation between bandwidth andR being R'1
2B/2. Inspecting the phase response of a resonator shows an
abrupt phase change when going through the center peak
frequency.

When a time-varying harmonic sinusoidal excitation
~harmonic excitation with simulated vibrato! passes through
a bank of such filters, nonsynchronous phase deviations oc-
cur between the different sinusoidal components as each
component passes through a different set of filters~one must
note also that the rate of frequency sweep in every partial is
different and proportional to the partial number, i.e., higher
frequencies move faster and ‘‘pass’’ on their way through
more resonator filters!. Figure 13 demonstrates the phases
and the QPC of the simulated signal for partials pair~2,4!
obtained by sinusoidal analysis. As can be seen from the
figure, this behavior is very much reminiscent of the real
cello behavior. Although the simulation does not constitute a
‘‘proof’’ that the actual cello resonance behaves in this man-
ner, both the analysis and listening impression seem to sup-
port this assumption.

B. Discussion

In our analysis we were dealing with sounds of instru-
ments that were played by a human player~McGill Univer-
sity Master Samples!, thus containing vibrato and pitch
variations that are typical to human playing, even when play-
ing a single note. In the flute there was a significant vibrato,
while in the trumpet there was almost no vibrato. The two
instruments where analyzed at the same pitch~C4!. For cello
we have investigated two cases, a natural playing closed-
string note~C4! that contained a vibrato and an open-string
note~A3! that contained no vibrato. Our findings in all cases

FIG. 10. Cello A3 open string phase correlation and QPC analysis.
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are consistent with what might be expected from physical
considerations. In the flute vibrato is produced by variations
in blowing pressure. The production of harmonics is influ-
enced partly by jet-propagation and largely by variations in
the exact intersection plane of the embouchure edge and the
jet ~Fletcher and Rossing, 1995!. In the trumpet, blowing
pressure is nearly steady and the primary excitation is caused
by motion of the lips at a frequency dependent on the natural

resonance frequency. This generates higher partials by non-
linear variation of lip opening and the flow velocity. In the
cello, vibrato is produced by varying the length of the string,
which interacts also with the nonlinear bow-excitation pro-
cess. Our findings for the flute and the trumpet seem to be
consistent with these physical interpretations. Moreover, for
the cello we see a clear distinction between open-string and
close-string with vibrato sounds. The lower QPC in the vi-

FIG. 11. Cello A3 open string: the phases, phases differences, and QPC for two triplets of partials numbers 2,4,6 and 8,6,14. The graphs in the left column
correspond to analysis of the phases for partials 2,4,6. Right column graphs show analysis of partials 6,8,14. The different rows correspond to phases ~top!,
phase difference~middle!, and QPC analysis~bottom!.
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brato sound could be related to the phase asynchronous ef-
fect due the closely spaced resonances of the cello body,
occurring in a signal with varying fundamental frequency, as
our simulation experiment suggests.

V. CONCLUSION

In this paper we have investigated the nature of a peri-
odicities that occur in the sustained portion of harmonic in-
strumental sounds. Specifically, we focused on phenomena
of phase deviations that occur in different partials of the
sound.

Comparative study of the phase fluctuations was per-
formed for several instruments. The results suggest that
phase coupling, which is basically a nonlinear phenomenon,
is a significant feature that distinctly characterizes for in-
stance cello and flute versus trumpet sound.

Finally, a model for the mechanism that might cause the
phase uncoupling effect in vibrato sounds of string instru-
ments was suggested. A simulation of this phenomena was
presented and the findings are shown to be in support of this
model.
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APPENDIX: PROOF OF THE RELATIONS BETWEEN
ADDITIVE PHASE COUPLING AND HIGHER
ORDER STATISTICS

We want now to establish the relationship between
B(n1 ,n2) andd3( i ,k) in general, which is formulated also in
terms ofc3(n,m) for n andmÞ0.

The definition ofB(n1 ,n2) is

B~n1 ,n2!5
def

(
n52`

`

(
m52`

`

c3~n,m!e2 j ~n1n1n2m!,

andc3(n,m) is defined as

c3~n,m!5
def

^x~ t !x~ t1n!x~ t1m!&

for zero meanx and independent oft due to third-order sta-
tionarity. We taket50 for simplicity of the derivations

FIG. 13. Phases 2,4,6 and QPC decay of the simulation signal.

FIG. 12. The occurrence of double spectral peaks instead of a single partial
in a cello signal recorded with a close microphone to eliminate room effects.
The top graph shows the signal and the segment analyzed. Bottom graph
shows the window Fourier transform of the corresponding signal segment
~0.49–0.58 s!.
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c3~n,m!5K (
i 52N,iÞ0

N

ej ~v0i t1f i ~0!! (
k52N,kÞ0

N

ej ~v0k~n1t!1fk~n!! (
l 52N,lÞ0

N

ej ~v0l ~m1t!1f l ~m!!L
5(

i ,k,l
^ej v0~ i 1k1 l !t&ej v0~kn1 lm!^ej ~f i ~0!1fk~n!1f l ~m!!&5(

k,l
ej v0~kn1 lm!^ej ~fk~n!1f l ~m!2fk1 l ~0!!&.

The right-hand term is called now a ‘‘lagged’’d3 , which
contains the lag arguments

d3~k,l ;n,m!5
def

^ej ~fk~n!1f l ~m!2fk1 l ~0!!&.

In such a case, we havec3(n,m) as a function ofd3 ,

c3~n,m!5 (
k,l 52N,Þ0

N

ej v0~kn1 lm!d3~k,l ;n,m!.

Let us now consider the discretization of the bispectral
expressionB(n1 ,n2). Assuming thatc3(n,m) is of finite
support of sizeM, let us define a discrete frequency bispec-
trum

BD~p,q!5
def 1

M2 (
m,n52M /211

M /2

c3~n,m!e2 j ~~2p/M !pn1~2p/M !qm!.

The relations betweenBD andd3 are

BD~p,q!5
1

M2 (
m,n52M /211

M /2 S (
k,l 52N,Þ0

N

ej v0~kn1 lm!

3d3~k,l ;n,m!D e2 j ~~2p/M !pn1~2p/M !qm!.

From physical considerations we assume thatd3 is inde-
pendent ofm, n, i.e., d3(k,l ;n,m)5d3(k,l ). Rewriting the
above expression,

BD~p,q!5
1

M2 (
k,l 52N,Þ0

N

(
m,n52M /211

M /2

ej ~v0k2p2p/M !n

3ej ~v0l 2q2p/M !md3~k,l !,

and in the case thatv0 falls into one of the FT bins, i.e.,
v05r2p/M for somer, we get

BD~p,q!5
1

M2 (
k,l 52N,Þ0

N

M2d~rk,p!d~rl ,q!d3~k,l !

5d3~p/r ,q/r !.

1The proportion in magnitude of deviations among different partials corre-
sponds to their partial number, i.e.,kth partial will havek times the mag-
nitude of the deviation of the fundamental. The reason for this proportion
will become clear in later sections.

2The term ‘‘quadratic’’ comes from the fact that partials that are created by
nonlinear interaction, such as multiplication, between lower partials have
phase deviations that are a sum of phase deviations of their constituent
lower partials. Since we consider statistical deviations among triplets of
harmonically related partials, the corresponding measure is called quadratic
phase coupling~QPC!.

3One must note that correlation analysis is sensitive to the phase unwrap-
ping. There are situations where a sound may exhibit high coupling with
almost no correlation. This occurs when a signal has very few phase devia-

tions, resulting in small and uncorrelated phase difference signal.
4Bandwidth is determined as the width of magnitude response at half-power
points relative to the peak value.
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Multireference, scan-based near-field acoustical holography is a useful measurement tool that can be
applied when an insufficient number of microphones is available to make measurements on a
complete hologram surface simultaneously. The scan-based procedure can be used to construct a
complete hologram by joining together subholograms captured using a relatively small, roving scan
array and a fixed reference array. For the procedure to be successful, the source levels must remain
stationary for the time taken to record the complete hologram; that is unlikely to be the case in
practice, however. Usually, the reference signal levels measured during each scan differ from each
other with the result that spatial noise is added to the hologram. A procedure to suppress the effects
of source level, and hence reference level, variations is proposed here. The procedure is based on a
formulation that explicitly features the acoustical transfer functions between the sources and both
the reference and scanning, field microphones. When it is assumed that source level changes do not
affect the sources’ directivity, a nonstationarity compensation procedure can be derived that is based
on measured transfer functions between the reference and field microphones. It has been verified
both experimentally and in numerical simulations that the proposed procedure can help suppress
spatially distributed noise caused by the type of source level nonstationarity that is characteristic of
realistic sources. ©2003 Acoustical Society of America.@DOI: 10.1121/1.1529669#

PACS numbers: 43.60.Sx@EGW#

I. INTRODUCTION

Near-field acoustical holography~NAH! is a useful tool
for identifying noise sources and reconstructing sound fields
in a three-dimensional space.1 The holographic projection
and reconstruction process is based on a phase-coherent, spa-
tial wave-field transformation that in turn requires the sound
field on the hologram aperture to be fully coherent. However,
in many practical cases, the sound field is created by a com-
bination of incoherent or partially coherent sources with the
result that the sound field at the hologram aperture is only
partially spatially correlated.

When the sound field represents the superposition of
fields radiated by incoherent or partially coherent sources,
the total measured field must be decomposed into a set of
spatially coherent partial fields~which are themselves mutu-
ally incoherent! before application of the holographic pro-
cess to each of the partial fields in turn.2 The projected partial
fields are then added quadratically on the reconstruction sur-
face to give the quadratic properties of the total field~e.g.,
sound power passing through the hologram aperture!. When
performing a partial field decomposition, reference signals
that are linearly related to source signals must be used in-
stead of the ‘‘source’’ signals themselves, since in the case of
most mechanical and flow noise sources, those signals can-

not be directly measured. The number of fixed-location ref-
erence transducers must be equal to or greater than the num-
ber of incoherent sources to effect the partial field
decomposition and to ensure that the quadratic sum of the
partial fields accurately represents the quadratic properties of
the total field.

Multireference, scan-based NAH as described above
was introduced by Hald:3 that procedure is referred to as
spatial transformation of sound fields~STSF!. The latter pro-
cedure is based on the use of spectral matrix relations linking

a!Electronic mail: hyusang@kriss.re.kr
b!Electronic mail: kimyl1@purdue.edu

FIG. 1. The geometrical relations between sources, references, and field
points and the associated transfer functions.
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FIG. 2. Sketch of experimental setup.

FIG. 3. Mean reference spectra~solid line! and6 one standard deviation~dashed lines! for the 9 by 1 microphone array case:~a! reference 1~experiment!;
~b! reference 2~experiment!; ~c! reference 1~simulation!; and ~d! reference 2~simulation!.
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the reference and field signals and makes use of pseudoref-
erences identified using singular value decomposition
~SVD!. The STSF procedure can be used to construct a com-
plete hologram by joining together subholograms measured
on each scan sector by using a relatively small scan array,
provided only that the sound sources are stationary during
the complete measurement: i.e., the measured reference spec-
tra should be consistent from scan to scan. However, in prac-
tice, source levels vary during a measurement.

The effect of field-level variation from scan to scan is to
add spatially distributed noise to the hologram. That spatial
noise can be reduced to some extent by using long averaging
times, and by the application of low-pass wave-number fil-
tering to eliminate high spatial frequencies resulting from
discontinuities at the edges of the subholograms. However,
the latter procedure cannot effectively eliminate spurious low
wave-number components that are generated when the scan
array is relatively large in at least one dimension.

To develop a procedure for suppressing source nonsta-
tionarity effects, a detailed consideration of the signal and
system relations between source, reference, and field data is
required.2 Based on such an investigation, a method to com-
pensate for source nonstationarity is introduced here. The
procedure is based on identifying the acoustical transfer
functions that should be calculated on a scan-by-scan basis

and the cross-spectral matrices that should be averaged
across all the scans. It is shown through experiment and
simulation that the proposed procedure yields significant
benefits in situations when the sources are nonstationary.

II. THEORY

A. General approach to multireference NAH

The theory of NAH is based on the use of the
Kirchhoff–Helmholtz integral equation to describe the sound
field in a volume that encloses the sound sources.1 The ho-
lographic projection and reconstruction procedure can be ex-
pressed in matrix form as3

y85Ty, ~1!

wherey andy8 represent the temporally Fourier transformed
acoustic fields, e.g., pressure or velocity, on the hologram
and reconstruction surfaces, respectively. The matrixT rep-
resents the NAH projection procedure relating the sound
field on the hologram surface to that on the reconstruction
surface. Equation~1! can be applied when all the hologram
data are captured simultaneously. However, when data are
measured over portions of the hologram aperture in se-
quence, it is necessary to use reference transducers to pro-
vide phase references. In the latter case, it is convenient to

FIG. 4. Partial pressure fields at 200 Hz~experiment with 9 by 1 microphone array!: ~a! first field without compensation;~b! second field without
compensation;~c! first field with compensation; and~d! second field with compensation.
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begin from a statistical description of the sound field, in
which case the holographic procedure can be expressed as3

Sy8y85E$y8y8H%5TE$yyH%TH5TSyyT
H, ~2!

where E denotes the expectation operator, the superscript H
denotes the Hermitian transpose, andSyy and Sy8y8 are the
cross-spectral matrices on the hologram and reconstruction
surfaces, respectively. The reconstructed fields, in the mag-
nitude sense, are then the diagonal terms of the cross-spectral
matrix on the reconstruction surface.

Since the cross-spectral matrices in Eq.~2! comprise the
auto- and cross spectra formed among the complete set of
field signals on the hologram or reconstruction surfaces, the
measurement and calculation of the cross-spectral matrices
can be very time consuming given that a measurement may
involve hundreds or thousands of field points. To simplify
the hologram measurement and attendant calculation of the
spectral matrices, a multireference method was developed.3,4

When the sound field is generated by a finite number of
sources, the field signals can be expressed as a linear com-
bination of a set of reference signals when the number of
reference signals is equal to or larger than the number of
sources and when the reference signals span the complete
source signal space. In that case, the hologram cross-spectral
matrix can be calculated indirectly when both the cross-

spectral matrix of a suitable set of reference signals and the
cross spectra between the reference and field signals are
known.3 Once the complete hologram cross-spectral matrix
is estimated using a multireference method, the hologram
cross-spectral matrix must be decomposed into a set of co-
herent but mutually incoherent partial fields before the holo-
graphic projections can be performed: either SVD or partial
coherence procedure may be used for that purpose.2,4 Note
that the partial fields are not unique and that their natures
depend on both the decomposition procedure and the refer-
ence microphone locations with respect to the sources. In
general, the decomposed partial fields do not coincide with
the physical partial fields radiated by the independent noise
sources: the identified partial fields can themselves, however,
be expressed as linear combinations of the physical partial
fields.

As well as reducing the time taken to measure and com-
pute the cross-spectral matrices, the multireference method
has the advantage that it makes it possible to use a reduced
set of scan microphones to measure the sound field on sec-
tors of the hologram surface in sequence when the field can
be assumed stationary. That is, the field signals are gathered
step-by-step using a scanning microphone array that is
smaller than the hologram aperture. During such a measure-

FIG. 5. Partial pressure fields at 1200 Hz~experiment with 9 by 1 microphone array!: ~a! first field without compensation;~b! second field without
compensation;~c! first field with compensation; and~d! second field with compensation.
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ment, the location of the reference transducers must be fixed
in space with respect to the various sources.

B. Source and signal relations

Here, the ‘‘source’’ signals are considered to be mutually
uncorrelated signals that represent distinct physical source
mechanisms. Next, assume that the total sound field gener-
ated by the collection of physical sound sources is com-
pletely sensed by a set of reference transducers: i.e., it is
assumed that the number of references is equal to or larger
than the number of sound sources and that one or more of the
reference transducers measures a signal linearly related to
each of the component sources. The reference and sound
field signals can then be expressed as a linear combination of
the source signals multiplied by appropriate acoustical trans-
fer functions.

As an example, the sound field radiated by two indepen-
dent sources operating simultaneously can be represented by
the system model illustrated in Fig. 1.2 In Fig. 1, gi j repre-
sents the transfer function between sourcej and referencei,
gy j denotes the transfer function between sourcej and a field
point, andhyi denotes the transfer function between refer-
encei and the field point. Note that when representing the
system in terms of source signals and transfer functions, the
transfer functions,gi j andgy j , depend both on the geometry

of the source and field point arrangement, and on the radia-
tion characteristics of the sources: e.g., their directivity.
Here, it is assumed that the physical sources’ radiation char-
acteristics are not affected by source-level fluctuations, and
therefore remain constant through an entire holographic mea-
surement: i.e., the transfer functionsgi j andgy j are assumed
to be the same during each scan.

For the general case ofN incoherent sources andM ref-
erences whereM>N, the reference signals can be expressed
in vector-matrix form as2

r5Grss, ~3!

wherer ands are theM by 1 reference signal vector and the
N by 1 source signal vector, respectively, andGrs is theM by
N transfer function matrix that relates the source and refer-
ence signals. The field signals on the hologram surface can
also be represented as the product of a transfer function ma-
trix and the source signal vector: i.e.,

y5Gyss, ~4!

wherey is the field signal vector on the hologram surface
andGys is the transfer function matrix relating the source and
field signals. From Eqs.~3! and~4!, the cross-spectral matrix
relating the reference and field signals can be expressed as

FIG. 6. Partial pressure fields at 200 Hz~numerical simulation with 9 by 1 microphone array!: ~a! first field without compensation;~b! second field without
compensation;~c! first field with compensation; and~d! second field with compensation.
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Sry5E$ryH%5GrsSssGys
H , ~5!

whereSry is the cross-spectral matrix between the reference
and field signals andSss is the source signal cross-spectral
matrix which, under the conditions prescribed above, is di-
agonal~the diagonal components being the auto spectra of
the source signals!. By using Eq.~3!, the reference spectral
matrix can be also written as

Srr 5E$rr H%5GrsSssGrs
H , ~6!

where Srr is the reference cross-spectral matrix. Note that
any source-level variation appearing in the source auto spec-
tra on the right-hand side of Eq.~6! translates directly into
variation of the reference cross-spectral matrix through the
transfer function matrix,Grs.

C. Description of multireference NAH

The field signals on the hologram surface can be ex-
pressed as a linear combination of the reference signals mul-
tiplied by appropriate transfer functions: i.e.,

y5Hyrr , ~7!

wherer is the reference signal vector, andHyr is the transfer
matrix that relates the reference and field signals on the ho-
logram surface. By multiplying each side by Eq.~7! by rH

and then finding the expectation of the result, an equation for
the latter transfer function matrix can be obtained: i.e.,

Hyr5Sry
H Srr

21, ~8!

where the inverse of the reference cross-spectral matrix rep-
resents a generalized inverse to accommodate situations in
which the reference cross-spectral matrix is rank deficient.
Similarly, the cross-spectral matrix on the hologram surface
can be expressed as

Syy5HyrSry. ~9!

By substituting Eq.~8! into Eq. ~9!, the hologram cross-
spectral matrix can be estimated by using the reference
cross-spectral matrix in combination with the cross-spectral
matrix relating the reference and field signals on the holo-
gram surface: i.e.,

Syy5Sry
H Srr

21Sry. ~10!

Note that the cross-spectral matrix can be decomposed into
any set of incoherent partial fields subject only to the condi-
tion thatSyy5aaH, wherea represents a partial field vector.
From Eqs.~8! and ~10!, the partial field matrix,a, can be
then represented as2

a5Sry
H Srr

21/25HyrSrr
1/2. ~11!

FIG. 7. Partial pressure fields at 1200 Hz~numerical simulation with 9 by 1 microphone array!: ~a! first field without compensation;~b! second field without
compensation;~c! first field with compensation; and~d! second field with compensation.
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The SVD and partial coherence methods have been widely
used for calculation of the partial field decomposition given
in Eq. ~11!. In the SVD method, the reference cross-spectral
matrix is decomposed by using SVD, and thus the partial
fields can be represented as

a5Sry
H VL21/25HyrVL1/2, ~12!

whereV is the unitary matrix andL is the diagonal matrix of
singular values. The partial coherence method is based on the
use of Cholesky decomposition5 to separate the reference
cross-spectral matrix into two parts, and in that case the par-
tial fields are written as

a5Sry
H L21D21/25HyrLD1/2, ~13!

whereL is the lower triangular matrix andD is the diagonal
matrix with pivots. The SVD procedure has been used in the
experiments and simulations presented in this article.

D. Nonstationarity compensation for scan-based NAH

By substituting Eqs.~5! and~6! into Eq.~8!, the transfer
function matrix relating the reference and field signals can be
expressed in terms of the source matrix and the associated
transfer matrix: i.e.,

Hyr5Sry
H Srr

215GysSssGrs
H~GrsSssGrs

H !215GysGrs
21. ~14!

Note that the source cross-spectral matrix cancels out in this
calculation and thus the transfer matrix between the refer-
ence and field signals is independent of source-level varia-
tion since the transfer matrices between the source and ref-
erence and field signals are themselves assumed to be
independent of source level. Under these conditions, the ref-
erence cross-spectral matrix varies in direct proportion to the
source level nonstationarity, as shown in Eq.~6!, from one
scan sector to the next, but the transfer function matrix ap-
propriate for each scan is consistent even when the source
levels vary.

Based on the above considerations, the partial field ma-
trix, Eq. ~11!, can finally be written in modified form as

a5Hyr ,~step!Srr ,~avg!
1/2 5Sry ,~step!

H Srr ,~step!
21 Srr ,~avg!

1/2 , ~15!

where the subscripts~step! and ~avg! denote spectral matrix
estimates calculated during each scan or averaged over all
the scans, respectively. The partial field decomposition rep-
resented by Eq.~15! thus combines transfer functions esti-
mated during each scan with reference information averaged
over the complete measurement set to create a consistent set
of partial fields. Given the above assumptions, nonstationary
effects are suppressed in partial fields calculated using Eq.
~15!. For the purpose of comparison, the conventional partial

FIG. 8. Partial pressure fields at 200 Hz~numerical simulation with 9 by 4 microphone array!: ~a! first field without compensation;~b! second field without
compensation;~c! first field with compensation; and~d! second field with compensation.
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field matrix without nonstationarity compensation is ex-
pressed here in terms of the estimates shown in Eq.~15!: i.e.,

a5Sry ,~step!
H Srr ,~avg!

21/2 . ~16!

III. EXPERIMENT AND NUMERICAL SIMULATION

An experiment was performed in an anechoic chamber
to verify the compensation procedure described above. Two
loudspeakers having different frequency characteristics were
driven by independent white-noise sources~see Fig. 2!. A
horizontal line array of nine microphones with a spacing of
0.0508 m was used to scan the hologram following the pro-
cedure indicated in Fig. 2. The aperture thus comprised 32
subholograms and a total 18 by 16 field points. During the
scanning, five reference microphones were fixed in front of
the loudspeakers as shown in Fig. 2. During each scan, the
data record length was 512 points at a sampling rate of 4096
Hz and 20 linear averages were performed when estimating
the various spectra; during the latter operations a 256-point
overlap was used and a Hanning window was applied to each
record. Note that the use of a relatively small number of
averages in the spectral estimation, as here, may exaggerate
the effects of nonstationarity and make the partial field sepa-
ration less accurate.

A numerical simulation of the experiment was also per-
formed: in this case, two monopole sources were located at
the loudspeaker locations on the source plane. Two indepen-
dent random signals were generated having almost identical
levels. These signals were used as source signals during each
scan after being scaled by randomly chosen source weights:
i.e., the source strength was varied slightly from scan to scan
to simulate source nonstationarity. For the purpose of quali-
tative simulation of the experiment described above, these 32
pairs of weights were randomly chosen so that the mean and
standard deviation of the weights was approximately 0 and 1
dB, respectively. The equivalent stationary case was repro-
duced by setting all the source weights to be 0 dB. In addi-
tion to the simulation of the 9 by 1 microphone array, the

case of a 9 by 4microphone array was also simulated. The
data obtained from both simulations were then processed as
in the experimental case.

IV. RESULTS

To illustrate the spectral variance due to source level
nonstationary, the mean and standard deviation of 32 refer-
ence auto spectra~i.e., one per scan! are plotted in Fig. 3 for
the experimental and matching simulated results for the 9 by
1 microphone array case. Note that the standard deviation of
the spectra was approximately 1 dB in both the experiment
and the simulation. That is, the nonstationarity was relatively
small, as in a well-controlled experiment. Figures 4–7 show
partial pressure fields, calculated by using SVD, on the ho-
logram surface for the 9 by 1 microphone array case: the
partial fields labeled~a! and ~b! were obtained without ap-
plying the nonstationarity compensation, while the compen-
sation was applied to the partial fields labeled~c! and~d!. It
can be seen that the experimental results~Figs. 4 and 5! are
consistent with the simulation results~Figs. 6 and 7!: i.e., a
spatial distortion in the shape of the line-field array is visible
in the uncompensated results in all cases. Note that particu-
larly in the 200-Hz case each partial field approximates the
sound field radiated by one of the sources owing to the po-
sitioning of references directly in front of each source. How-
ever, there is still some leakage from the other source in each
case: the leakage in particularly evident in the 1200-Hz case.
By comparing Figs. 4~a! and ~c! for the first partial field at
200 Hz@or Figs. 4~b! and~d! for the second partial field#, it
can be seen that the spatial noise resulting from source non-
stationarity that is visible in Fig. 4~a! @or Fig. 4~b!# is essen-
tially eliminated in Fig. 4~c! @or Fig. 4~d!# by application of
the compensation. The same is also true for the experimental
results at 1200 Hz~Fig. 5! and for the simulation results at
200 Hz ~Fig. 6! and at 1200 Hz~Fig. 7!. The simulation
results for the 9 by 4 microphone array~Fig. 8! also clearly
show a spatial noise pattern in the shape of the measurement
array: that effect is again suppressed by the compensation
procedure.

FIG. 9. Spatially averaged absolute difference between total power, resulting from squared summation of two partial pressure fields, of stationary simulation
and total power of nonstationary simulation~solid line—with compensation and dashed line—without compensation!: ~a! 9 by 1 microphone array and~b! 9
by 4 microphone array.
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Finally, the total power difference between the stationary
and nonstationary simulations is shown in Fig. 9. Here, the
power difference~error! is written as

Ep~ f !5
1

~18!~16!

3 (
n51

18

(
m51

16 U(
i 51

2 pi
2~ f ,xn ,ym!2 p̄i

2~ f ,xn ,ym!

2
U , ~17!

wheref is the frequency,pi(xn ,ym) is theith partial pressure
at (xn ,ym), and the overbar denotes the stationary case. It
can be seen that the source-level compensation reduces the
spatial noise resulting from source nonstationarity by more
than an order of magnitude at all frequencies.

V. CONCLUSIONS

Multireference, scan-based NAH has been formulated
here by using a mathematical description that explicitly fea-
tures the acoustic transfer functions between the references
and the field points. It was thus possible to separate spectral
matrices that should be calculated during individual scans
from those that can safely be averaged over all scans. Based
upon the present description, a procedure to compensate for
source nonstationary was proposed. It was shown through
both an experiment and a numerical simulation that the pro-
posed procedure reduces the spatial noise resulting from
source nonstationarity even when the standard deviation of
the source levels was approximately 1 dB.
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An auditory-periphery model of the effects of acoustic trauma
on auditory nerve responses
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Acoustic trauma degrades the auditory nerve’s tonotopic representation of acoustic stimuli. Recent
physiological studies have quantified the degradation in responses to the vowel /}/ and have
investigated amplification schemes designed to restore a more correct tonotopic representation than
is achieved with conventional hearing aids. However, it is difficult from the data to quantify how
much different aspects of the cochlear pathology contribute to the impaired responses. Furthermore,
extensive experimental testing of potential hearing aids is infeasible. Here, both of these concerns
are addressed by developing models of the normal and impaired auditory peripheries that are tested
against a wide range of physiological data. The effects of both outer and inner hair cell status on
model predictions of the vowel data were investigated. The modeling results indicate that
impairment of both outer and inner hair cells contribute to degradation in the tonotopic
representation of the formant frequencies in the auditory nerve. Additionally, the model is able to
predict the effects of frequency-shaping amplification on auditory nerve responses, indicating the
model’s potential suitability for more rapid development and testing of hearing aid schemes.
© 2003 Acoustical Society of America.@DOI: 10.1121/1.1519544#

PACS numbers: 43.64.Bt, 43.64.Pg, 43.64.Sj, 43.66.Ts@BLM #

I. INTRODUCTION

Recent physiological studies~Miller et al., 1997; Schill-
ing et al., 1998; Wonget al., 1998; Miller et al., 1999a, b!
have shown that acoustic trauma causes substantial changes
in the auditory nerve~AN! representation of a speechlike
stimulus, in this case the synthesized vowel /}/ as in ‘‘met.’’
The responses of a normal AN fiber to the vowel presented at
stimulus levels appropriate for conversational speech are
dominated by the formant frequency nearest the fiber’s best
frequency~BF!, a phenomenon known as synchrony capture
~Young and Sachs, 1979; Deng and Geisler, 1987b; Deng
et al., 1987; Miller et al., 1997!. In contrast, fibers in an ear
impaired by acoustic trauma respond to a broad range of
frequency components in the vowel, particularly to formants
at frequencies below the fibers’ BFs. As a result, the normal
tonotopic representation of the vowel is degraded; most im-
portant, responses to the first formant (F1) spread away
from their tonotopically appropriate location towards higher
BFs. The upward spread ofF1 responses means that co-
chlear locations at which responses toF2 andF3 are nor-
mally seen now respond primarily toF1. This spread ofF1
response reduces the quality of the representation ofF2 and
F3; for example, the discriminability, based on AN re-
sponses, of vowels with differentF2s is substantially re-
duced ~Miller et al., 1999b!. In this paper, we describe a
computational model of the auditory periphery that is able to
describe this degradation of AN representation of speech
stimuli.

Anatomical investigations of acoustically traumatized

cochleae show damage to both the outer~OHC! and inner
~IHC! hair cells~Liberman and Dodds, 1984a!. OHC impair-
ment produces broadened and elevated AN fiber threshold
tuning curves~e.g., Kiang et al., 1976; Robertson, 1982;
Liberman and Dodds, 1984a!. Also observed are reductions
in nonlinearities in AN responses, such as two-tone rate sup-
pression~Schmiedtet al., 1980, 1990; Salviet al., 1982;
Miller et al., 1997! and the compressive nature of basilar-
membrane~BM! responses~Robles and Ruggero, 2001!. The
latter are seen, for example, in the growth of discharge rate
of AN fibers with sound level~Harrison, 1981!. IHC damage
causes elevation of AN fiber threshold tuning curves without
broadening their tuning~Liberman and Dodds, 1984a!.

Because the cochlea is nonlinear, it is difficult to at-
tribute changes in AN responses to speech following acoustic
trauma to particular aspects of the damage, such as IHC ver-
sus OHC or tuning versus compression. A model is helpful in
that process. The effects of broadened tuning on responses to
speech have been studied using computational models~Gei-
sler, 1989; Sachset al., 2002!, but these models do not in-
clude two-tone rate suppression~the former also lacks BM
compression!, and IHC impairment was not investigated.
Our methodology in this paper is to modify the OHC and
IHC sections of an auditory periphery model~Zhanget al.,
2001! to produce the desired impairment of model AN fiber
tuning curves, both threshold and bandwidth, and observe
the effects of these changes on model responses to the vowel.
The physiological accuracy of the model’s predictions is as-
sessed by comparison with published data. This sort of
model should be useful as a means of quickly and efficiently
testing potential hearing-aid amplification schemes and will
provide a kind of test not commonly used, which is to evalu-
ate the ability of amplification to restore normal patterns of
auditory nerve activity in response to speech. Such informa-
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trical and Computer Engineering, Room CRL-229, McMaster University,
1280 Main Street West, Hamilton, Ontario L8S 4K1, Canada. Electronic
mail: ibruce@ieee.org
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tion should be a useful adjunct to psychophysical testing.
We have selected the model of Zhanget al. ~2001! be-

cause it has a number of features that make it suitable to the
task. First, the model input can be any arbitrary sound-
pressure waveform and its output consists of simulated AN
fiber spike times, so the same types of data analyses can be
performed on the model as on the physiological data. Sec-
ond, the model has been designed particularly to describe the
synchrony~or phase locking! behavior of low-frequency AN
fibers. Synchronized response are important to this effort be-
cause synchrony shows directly to which frequency compo-
nents of a complex stimulus a fiber is responding. Synchrony
is particularly revealing when used to analyze the effects of
impairment on responses to speech. Third, the model con-
tains sections that separately represent the IHCs and OHCs,
making it possible to simulate effects of damage to particular
aspects of cochlear function. Fourth, the model parameters
have been adjusted for the cat auditory periphery and the
model has been extensively validated by comparison with
data from cat, the same species in which the comparison
vowel data were collected.

There exist a number of alternative models of the audi-
tory periphery, which we decided were less suitable to the
task at hand. The model of Zhanget al. ~2001! is based on an
earlier model by Carney~1993!. The latter model accounts
for variation of frequency tuning with stimulus level and BM
compression but does not produce two-tone rate suppression,
which has been shown to be important in AN responses to
speech~Young and Sachs, 1979; Sachs and Young, 1979;
Miller et al., 1997; Wonget al., 1998!. Models by Deng and
Geisler ~1987a!, Payton ~1988!, Jenisonet al. ~1991!, and
Giguère and Woodland~1994! also do not include two-tone
rate suppression and have not been as extensively validated
against physiological data. The models of Kates~1995! and
Robert and Eriksson~1999! do include two-tone rate sup-
pression, but this is achieved via feedback control from
neighboring BM filters. Such lateral feedback does not have
an obvious correlate in cochlear physiology and could lead to
unpredictable effects when one section is impaired but adja-
cent sections are normal. Several studies have modeled the
nonlinear properties of the BM, including level-dependent
tuning, compression, and two-tone rate suppression~Pfeiffer,
1970; Duifhuis, 1976; Goldstein, 1990, 1995; Meddiset al.,
2001; Irino and Patterson, 2001; Lopez-Poveda and Meddis,
2001!. The more recent of these models produce some fea-
tures not seen in the Zhanget al. ~2001! model, such as a
shift in BF with intensity ~as reported by Andersonet al.,
1971; Johnstoneet al., 1986; Zhang and Zwislocki, 1996;
Robles and Ruggero, 2001! and abrupt phase changes in AN
responses at very high stimulus levels~the component
1/component 2 transition, Liberman and Kiang, 1984!. How-
ever, these BM models do not include IHCs, synapses, and
AN fibers and therefore are not suitable for comparison with
AN data ~Meddiset al., 2001!.

Although the Zhanget al. ~2001! model is accurate in
predicting a large range of physiological data for pure-tone
and two-tone stimuli, it has not been tested previously with
speechlike stimuli. In this paper, we show that some changes
to the OHC control of BM tuning are required to improve the

model’s predictions of normal AN responses to the vowel
stimulus. A simple modification of OHC function in our im-
proved model allows the effects of acoustic trauma to be
modeled, including various degrees of elevation and broad-
ening of tuning curves and a proportional loss of compres-
sion and suppression. An analogous modification to the IHC
section of the model leads primarily to elevation of the tun-
ing curve without substantially changing the bandwidth as
measured byQ10 values. These different effects of OHC and
IHC impairment are consistent with the physiological data
~e.g., Liberman and Dodds, 1984a!. Here we show that both
IHC and OHC impairment can cause model fibers with BFs
near the second and third formants to lose synchrony to those
formants and become more synchronized to other compo-
nents of the vowel spectrum, as observed in the physiologi-
cal data. The model also predicts that the amplification
scheme previously suggested by Milleret al. ~1999a! re-
stores synchrony capture by the second formant for model
fibers with BFs in the second formant region.

II. MODELING THE NORMAL AUDITORY PERIPHERY

The auditory-periphery model, modified from Zhang
et al. ~2001!, comprises several sections, each providing a
phenomenological description of a different part of cochlea
function. The model is illustrated in the schematic diagram
of Fig. 1~a!. The details of the normal model can be found in
Zhanget al. ~2001!. In this paper we only describe modifi-
cations made to the Zhanget al. model to improve its accu-
racy in predicting responses to speech sounds and the
changes that are needed to model OHC and IHC impairment.
The model code is available on request. All the changes to
the normal AN-periphery model from that of Zhanget al.
~2001! are summarized in Table I.

The first section models the filtering properties of the
middle ear~ME!, described in detail in Appendix A. Filtering
by the outer ear is not included, because we are using the
model to predict physiological data for acoustic stimuli that
were delivered directly to the tympanic membrane via ear-
bars~e.g., Milleret al., 1997!. Outer-ear filtering would need
to be considered for free-field acoustic stimulation.

The second section describes the ‘‘control path,’’ which
includes a wideband, nonlinear, time-varying, band-pass fil-
ter followed by an OHC nonlinearity~NL! and low-pass~LP!
filter. The purpose of this section is to control the time-
varying, nonlinear behavior of the narrow-band signal-path
BM filter, which it does by adjusting the bandwidth and gain
of that filter through its time constanttsp. The control-path
filter must be wider than the signal-path filter to account for
wideband nonlinear phenomena such as two-tone rate sup-
pression~e.g., Sachs and Kiang, 1968; Costalupeset al.,
1987; Javelet al., 1978, 1983; Delgutte, 1990; Temchin
et al., 1997!.

The third section of the model is the ‘‘signal path’’ de-
scribing the filter properties and traveling wave delay of the
BM ~time-varying, narrow-band filter!; the nonlinear trans-
duction and low-pass filtering of the IHC~IHC NL and LP!;
spontaneous and driven activity and adaptation in synaptic
transmission~synapse model!; and spike generation and re-
fractoriness in the AN~spike generator!. The center fre-
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quency of the signal-path BM filter is the primary determi-
nant of the model fiber’s BF. The bandwidth and gain of both
the signal-path, narrow-band filter and the control-path,
wideband filter are varied continuously as a function of the
control path output. The low-pass filtering of the IHC de-

scribes the fall-off in pure-tone synchrony with increasing
BF above 1 kHz. The preceding IHC nonlinearity produces a
dc component in the IHCs of high-BF model fibers, provid-
ing nonsynchronized synaptic drive to such fibers. The spon-
taneous rate~in this paper, 50 spikes/second before the ef-
fects of refractoriness!, adaptation properties, and rate-level
behavior~including threshold and saturation! of a model fi-
ber are determined by the synapse model. Only high sponta-
neous rate fibers are modeled. The spiking and refractory
behavior are set to model the statistics of spike timing in AN
fibers.

A. Middle-ear filter

A ME filter was not included in the Zhanget al. ~2001!
model but is important in modeling responses to wideband
stimuli such as vowels, because the ME filter changes the
relative levels of stimulus components. We have added a ME
section to the model by combining the ME-cavities model of
Peakeet al. ~1992! with the ME ~with cavities open! model
of Matthews ~1983!. A digital-filter representation of this
model is described in Appendix A. The ME model has a
maximum gain of 32 dB@Fig. 19~b!#. Because the param-
eters of the Zhanget al. ~2001! model are set for no ME
model, we scale the gain of the ME filter to a maximum gain
of 0 dB. This allows us to avoid adjusting other level-
dependent parameters of the auditory periphery model. The
principal effect of the ME filter is on model thresholds,
which are shown by the black dashed line in Fig. 2~a! and are
compared to experimental data~Miller et al., 1997!.

There are three differences between model and data.
First, the model thresholds are consistently higher than ex-
perimental ones, which requires an increase in the synapse
gain ~see below! relative to that of Zhanget al. ~2001!. Sec-
ond, the model does not accurately reproduce the slope of the
best threshold curve below 1 kHz@BTC; thin dashed line in
Fig. 2~a!#. Low-frequency thresholds in cat preparations vary
from animal to animal~e.g., Liberman, 1978! and are af-
fected by the status of the middle ear bulla cavity~open or

FIG. 1. ~a! The auditory-periphery model modified from Zhanget al. ~2001!
~cf. Fig. 1 of that paper!. Abbreviations: outer hair cell~OHC!; low-pass
~LP! filter; static nonlinearity~NL!; inner hair cell~IHC!; best frequency
~BF!. CIHC andCOHC are scaling constants that control IHC and OHC status,
respectively. ~b! Gain functions of linear versions of the time-varying
narrow-band filter in the signal path, plotted as gain versus frequency de-
viation D f from BF. The filter is fourth-order and is plotted for five different
values oftsp betweentnarrow andtwide ; Dt5tnarrow2twide . tnarrow was cho-
sen to produce a 10-dB bandwidth of;450 Hz, andtwide was chosen to
produce a maximum gain change at BF of;41 dB. This plot can be inter-
preted as showing the nominal tuning of the filter with normal OHC func-
tion at five different sound pressure levels or alternatively as the nominal
tuning of the filter for five different degrees of OHC impairment.

TABLE I. Summary of differences between the normal auditory periphery
models of Zhanget al. ~2001! and of this paper.

Zhanget al. ~2001! This paper

No middle-ear filtering Middle-ear filtering as described in
Appendix A

Synapse gain compensates for
IHC filtering

Synapse gain compensates for IHC
and ME filtering@see Eq.~1!#

Symmetric nonlinearity between
wideband filter and OHC Boltzmann
nonlinearity

Linear scaling of 43103 after
wideband filter to compensate for
removal of symmetric nonlinearity

Wideband-filter gain normalized
to unity at BF

Wideband-filter gain normalized
to match narrow-band-filter gain
at BF ~see Appendix B!

OHC LP filter cutoff5800 Hz OHC LP filter cutoff5600 Hz

BM gain versus BF based on
other species

BM gain versus BF estimated
from cat AN data@see Eq.~B3!#
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closed; Guinan and Peake, 1967!. The model gives thresh-
olds near the lower end of the published range and the par-
ticular data shown are near the upper end. In order to better
fit the thresholds at low frequencies, the ME gain function or
the synapse gain could be changed. Neither has been done
here, because of the uncertainty in the data. Third, the low-
pass filtering of the ME produces elevated thresholds for BFs
above 4.5 kHz relative to thresholds in the BF region around
1.5 kHz. In contrast, thresholds in the experimental data are
similar in these two regions. In Zhanget al. ~2001! the syn-
apse gain~i.e., the function relating the IHC potential to the
synaptic release rate! varied as a function of BF to compen-
sate for the low-pass filtering of the IHC, thus maintaining a
constant AN-fiber threshold as a function of BF. We propose
that the synapse gain also compensates for the low-pass fil-
tering of the ME above 4.5 kHz. This can be achieve in the
model by using a new function for the synapse gain@param-
eterKCF in Eq. ~A17! of Zhanget al., 2001#:

KCF5100.24BF10.5, ~1!

where BF has the units of kHz. This new function also in-
cludes an increase in the absolute gain so that model thresh-
olds better match the BTC. Plotted in Fig. 2~b! are the old
~dashed line! and new~solid line! functions.

B. OHC control of BM tuning

The signal-path BM filters are fourth-order, nonlinear,
infinite impulse response~IIR! gamma-tone filters~Patterson
et al., 1988!. Each filter is realized by cascading three non-
linear and one linear first-order, low-pass filters~Zhang
et al., 2001!. The stimulus waveform is first down-shifted in

frequency by the desired center frequency of the filter, then
filtered, and finally up-shifted to its original frequencies.
Each of the three nonlinear low-pass filters may be described
by the difference equation@modified from Eq.~A4! of Car-
ney ~1993!#:

y@n#5c1LP@n#y@n21#1c2LP@n#~x@n#1x@n21# !,
~2!

where x is the filter input,y is the filter output,n is the
sample number, and the filter coefficientsc1LP@n# and
c2LP@n# are determined by the time constant for the signal-
path filter tsp@n# @see Fig. 1~a!# according to the bilinear
transform~Oppenheim and Schafer, 1989!:

c1LP@n#5~tsp@n#2Fs21!/~tsp@n#2Fs11! ~3!

and

c2LP@n#51/~tsp@n#2Fs11!, ~4!

where the sampling frequencyFs is set at 500 kHz~Zhang
et al., 2001!. The time constanttsp@n# determines both the
gain and the bandwidth of the filter and varies between the
valuestnarrow andtwide according to the output signal of the
control path. Note that the control path is modified somewhat
from that of Zhang et al. ~2001! to improve the filter
dynamics—see Appendix B for details. The single linear LP
filter that follows the three nonlinear LP filters in the signal-
path BM filters is identical to the nonlinear filters except that
its time constant is alwaystwide and its dc gain~i.e., the gain
at BF! is always unity. Figure 1~b! shows the gain of the
signal-path filter for values oftsp over its whole range; de-
creasingtsp from tnarrow to twide increases both the band-
width and the attenuation.

We will consider the behavior of the nonlinear signal-
path filter over three different ranges of stimulus intensity.
First, at low stimulus intensities the control path signal is
negligible and thereforetsp@n#'tnarrow. Consequently, the
bandwidth is narrow, gain is high, and the filter is effectively
linear. Second, at moderate stimulus intensities the control
path signal becomes significant, such thattsp@n# dynami-
cally varies betweentnarrow and twide, creating effectively
broadened tuning, a compressive nonlinearity for stimuli
with frequency components near BF, and two-tone suppres-
sion for wideband stimuli. The time constant of the control-
path filtertcp@n# is set to a constant fractionK of tsp@n#, to
create an area of suppression that is appropriately wider than
the excitation tuning curve~Zhang et al., 2001!. Two-tone
rate suppression is created in the model when a suppressor
tone produces negligible energy at the output of the signal-
path filter but has enough energy at the output of the broader
control-path filter to reducetsp@n# via the control path and
consequently reduce the gain of the signal-path filter. Third,
for very large signals, the control path saturates andtsp@n#
has an essentially constant value neartwide. Thus, at high
intensities the filter has a broad bandwidth and low gain and
is once more linear. These properties simulate the BM tuning
and nonlinearities that are caused by the activity of healthy
OHCs ~e.g., Johnstoneet al., 1986; Robles and Ruggero,
2001!.

The value of the time constanttnarrow determines the
bandwidth of model threshold tuning curves. The bandwidth

FIG. 2. ~a! Thresholds versus BF. The gray symbols are single-fiber thresh-
olds and the thin dashed line is the best threshold curve~BTC! for these data
~Miller et al., 1997!. The black dashed line shows the model threshold with
the ME included. The black solid line shows the model threshold with the
ME included plus frequency compensation in the synapse gain for the low-
pass filtering of the ME~at ;4.5 kHz!, as described below.~b! Synapse gain
@parameterKCF in Eq. ~A17! of Zhanget al., 2001# as a function of BF. The
dashed line shows the function used in Zhanget al. ~2001!, which compen-
sates for the low-pass filtering of the IHC to create constant thresholds as a
function of BF without ME filtering. The solid line shows the new function
described by Eq.~1! that also compensates for the low-pass filtering of the
ME to create constant thresholds above;1 kHz, except for the notch just
above 4 kHz@see panel~a!#.
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of a tuning curve is usually quantified according to itsQ10
value, which is equal to BF divided by the bandwidth of the
tuning curve 10 dB above threshold at BF. The desiredQ10

value can be produced in the model by settingtnarrow

52Q10/(2pBF) @Eq. ~4! of Zhang et al., 2001#. In Secs.
IV A, IV B, and IV D, where data from individual AN fibers
are presented, we match modelQ10 values to the example
fibers. In Sec. IV C, where data from populations of AN fi-
bers are presented, we use functional relationships to de-
scribe trends inQ10 versus BF observed in the population
data. In Fig. 3,Q10 values from the normal-cat data of Miller
et al. ~1997! are plotted as gray symbols as a function of BF
on a log-log scale. Zhanget al. ~2001! used a linear fit of
log(Q10) values from these data versus log(BF) to set model
Q10 values. However, at any particular BF there is a range of
Q10 values observed in the data. AN fibers with differentQ10

values are likely to have somewhat different responses to
wideband stimuli such as vowels. Therefore, in this paper we
use the three different functions forQ10 versus BF shown in
Fig. 3, which correspond to the 75th, 50th, and 25th percen-
tiles of Q10 values after normalization by the linear fit of
log(Q10) versus log(BF). The equations for the these func-
tions are, respectively,

log10Q10
75th50.4708 log10~BF!10.5469, ~5!

log10Q10
50th50.4708 log10~BF!10.4664, ~6!

log10Q10
25th50.4708 log10~BF!10.3934, ~7!

where BF has the units of kHz.
The value of the time constanttwide determines

the maximum bandwidth and the minimum gain of
the signal-path narrow-band filter, as illustrated in Fig. 1~b!.
Zhanget al. ~2001! refer to the difference in filter gain be-
tweentnarrow and twide as the cochlear amplifier~CA! gain.
Based on the third-order nonlinear filter,twide

5tnarrow102gainCA(BF)/60, where gainCA(BF) is determined by

Eq. ~B3! for a given BF. The CA gain also determines the
strength of BM compression@see Fig. 4~b!# and two-tone
rate suppression~Zhanget al., 2001!.

III. MODELING THE IMPAIRED AUDITORY PERIPHERY

A. Modeling OHC impairment

In order to model the effects of OHC status on the non-
linear BM filter, we introduce a scaling constantCOHC to the
output of the control path, such that

tsp–impaired@n#5COHC~tsp@n#2twide!1twide, ~8!

where 0<COHC<1. The effects ofCOHC on the tuning of the
signal-path filter at its narrowest bandwidth and largest gain
(tsp5tnarrow) are shown in Fig. 1~b!.1

FIG. 4. ~a! Model tuning curves as a function of OHC impairment: no
impairment⇒COHC51.00; complete impairment⇒COHC50.00. Top panel:
BF52.5 kHz; Bottom panel: BF57.0 kHz. ~b! The effects ofCOHC on BM
compression for a fiber with BF52.5 kHz. The thin dashed line shows a
linear input/output function~no compression!, shallower slopes indicate
compression. The arrow indicates that normal OHC function produces a
difference in the filter gain of 46 dB between low-intensity stimuli and
high-intensity stimuli at a BF of 2.5 kHz. At moderate intensities the filter is
normally compressive, i.e., slope,1. This cochlear amplifier~CA! gain and
associated compression are progressively lost with increasing OHC impair-
ment, i.e., decreasingCOHC.

FIG. 3. Normal-catQ10 values as a function of BF from Milleret al. ~1997!.
The gray symbols indicate values for individual fibers and lines indicate the
75th~solid line!, 50th~dashed line!, and 25th~dotted line! percentiles ofQ10

values after normalization by a linear fit of log(Q10) versus log(BF).
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The effects ofCOHC on tuning curves are illustrated in Fig.
4~a! for model fibers at two different BFs. To model normal
OHC function,COHC is set to 1 and consequently the filter
behavior is normal: tuning curves are narrow and thresholds
are low. The upward ‘‘notches’’ in the tuning curves just
above 4 kHz are due to the notch in the ME filter@see Fig.
19~b!#. The effects ofCOHC on compression are shown in
Fig. 4~b! for one model fiber. WithCOHC51 the BM filter
exhibits compression for a BF tone from;30 dB SPL to
.100 dB SPL. Not shown here, the model also exhibits two-
tone suppression due to the behavior of the wideband non-
linear filter ~Zhanget al., 2001!, which is also apparent in
responses to vowel stimuli~see Sec. IV!.

To model impaired OHC function,COHC is set to some
value between 1 and 0; the lower the value, the greater the
impairment. ReducingCOHC causes two changes in the filter
behavior.

First, the effect when the control path signal is small
~i.e., at low sound levels! is to increase the tuning curve
bandwidth and elevate thresholds around BF. Thresholds in
the low-frequency ‘‘tail’’ of the tuning curve decrease
slightly with increasing impairment. This behavior is quali-
tatively consistent with physiological reports of hypersensi-
tive tails in tuning curves with OHC impairment~Liberman
and Dodds, 1984a!. In addition, a small downward shift in
BF is observed in Fig. 4~a! for the model fiber with an un-
impaired BF of 2.5 kHz; we refer to this shifted-BF follow-
ing impairment as the ‘‘impaired BF.’’ The shift is due to the
effects of the ME filter and IHC LP filter on the tuning curve
shape, not a change in the BM filter’s center frequency, and
only occurs in the steep transition bands of the ME and IHC
filters. Upward shifts of less than 0.15 oct occur for unim-
paired BFs less than 0.5 kHz~i.e., in the high-pass transition
band of the ME filter! and between;4.2 and 5.0 kHz~i.e., in
the upper edge of the ME notch!; downward shifts of less
than 0.35 oct occur for unimpaired BFs between;1.3 and
4.2 kHz ~i.e., in the lower edge of the ME notch and the
low-pass transition band of the IHC filter!. Physiological
data show shifts in the BM filter’s center frequency at high
intensities or with impairment~e.g., Robles and Ruggero,
2001! that are larger than those seen in this model.

Second, when the control path signal is significant~i.e.,
at moderate to high stimulus intensities!, compression and
suppression are reduced because of the scaling down of the
time-varying component oftsp@n# @Fig. 4~b!#. The extreme
case ofCOHC50 describes complete loss of OHC function:
tuning curves are at their highest and broadest and compres-
sion and suppression are completely lost. Figure 4~b! shows
that for a BF of 2.5 kHz the normal model produces a
cochlear-amplifier gain of;46 dB SPL, as prescribed by Eq.
~B3!.

B. OHC impairment as a function of BF

In order to predict data from populations of AN fibers,
we must have estimates of the levels of OHC and IHC im-
pairment as a function of BF. As described by Liberman and
Dodds~1984a! and modeled in Fig. 4, damage to the OHCs
causes both an increase in thresholds and a broadening in
tuning. However, damage to the IHCs also leads to elevated

thresholds~Liberman and Dodds, 1984a!, and therefore the
increase in thresholds is not an uncontaminated indicator of
the degree of OHC impairment. In contrast,Q10 values are
not thought to be affected greatly by IHC impairment~Liber-
man and Dodds, 1984a!. The following method is used in
Secs. IV A, IV B, and IV D to model data from single im-
paired AN fibers. First, we set the value oftnarrow in the
model using theQ10 value of an examplenormal fiber with
approximately matching BF. Second, we find a value for
COHC that explains the estimatedQ10 value of the example
impairedfiber. Third, we apply enough IHC impairment~see
Sec. III C! to explain the remaining threshold shift not ac-
counted for by the OHC impairment.

In Sec. IV C, functional relationships betweenCOHC and
BF are derived to allow modeling of data from populations
of AN fibers. Three functions are used, which are designed to
follow the 75th, 50th, and 25th percentiles of theQ10 data
from Miller et al. ~1997!. Figure 5~b! shows theQ10 data
from impaired animals normalized by the best fit log-log line
from normal animals~Fig. 3!. The three horizontal lines
show the 75th, 50th, and 25th percentiles of the normal data.
The decrease inQ10 data points below the lines are a result
of acoustic trauma. Figure 5~a! shows three empiricalCOHC

functions designed to fit the 75th, 50th, and 25th percentiles
of the impaired data. In doing these fits, the normal model fit

FIG. 5. Determination of model OHC impairment to fit impairedQ10 values
as a function of BF.~a! Three different functions forCOHC versus unim-
paired BF to produce mild~solid line!, moderate~dashed line!, and severe
~dotted line! OHC impairment as shown by the corresponding lines in~b!.
Definitions of these three cases are given in the text.~b! ImpairedQ10 versus
impaired BF, withQ10 values normalized by a linear fit to the normal-cat
data plotted in Fig. 3. Gray symbols indicate data from individual fibers and
thick lines indicate model predictions given the three functions forCOHC

shown in ~a!. Thin lines show the 75th, 50th, and 25th percentile of the
normal data when normalized by the linear fit.~c! Impaired threshold versus
impaired BF, where threshold values are given relative to the respective
normal best threshold curves for the data and model. Gray symbols indicate
data from individual fibers and lines indicate the model predictions given the
functions forCOHC shown in~a!.
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to the 75th percentile line of the normal data was adjusted to
fit the 75th percentile of the impaired data by varyingCOHC,
and similarly for the 50th and 25th percentiles. The three
lines that follow the data points in Fig. 5~b! show the result-
ing Q10’s for model tuning curves. The irregularities in the
modelQ10 values between 3 and 5 kHz result from the ME
notch.

The threshold shifts resulting from the model OHC im-
pairment are shown in Fig. 5~c!. Even severe OHC impair-
ment, as derived from theQ10 data, can at best account for
around two-thirds of the threshold shift seen in the impaired-
cat data; we postulate that the remainder should be attributed
to IHC damage. Milleret al. ~1997! found that fibers with
BFs near the exposure frequency were under-represented in
the impaired cats, relative to the normal cats, and argued for
substantial IHC damage, followed by silencing and perhaps
degeneration of some AN fibers. Fibers with less severe IHC
damage should still be responsive to acoustic stimuli but
with elevated thresholds. Modeling of such IHC impairment
is described next.

C. Modeling IHC impairment

Elevated threshold tuning curves due to IHC impairment
can be modeled by decreasing the slope of the function that
relates BM vibration to IHC potential@the block IHC NL in
Fig. 1~a!#. At the same time, the saturation potential must
remain the same to retain maximum discharge rates close to
those of normal fibers~e.g., Liberman and Kiang, 1984;
Miller et al., 1999a!. Both of these effects can be achieved
together in the model by decreasing the slope of the IHC NL
block, or equivalently by scaling down the output of the
narrow-band BM filter at the input of the IHC nonlinearity
using a scaling constantCIHC , where 0<CIHC<1. A value
of one produces normal IHC function and a value of zero
gives total IHC disfunction. To model individual example
fibers, a value forCIHC is chosen that accounts for the thresh-
old shift not explained by OHC impairment.

Figure 6~a! shows the values ofCIHC that are need to
explain the minimum threshold shift in the AN population
data not accounted for by the OHC impairment of Fig. 5~a!.
Figure 6~b! shows the threshold shifts as a function of im-
paired BF resulting from the IHC impairment in panel~a! in
combination with the three cases of OHC impairment from
Fig. 5 ~heavy lines!. The combined threshold shifts match the
minimum threshold shifts in the data reasonably well. Mini-
mum rather than average thresholds are fit because we as-
sume that the distribution of thresholds at any given BF re-
flects variation in synapse gain, i.e., the difference between
low and high spontaneous rate AN fibers~Geisler, 1981;
Heinzet al., 2001!. Consistent with the data of Liberman and
Dodds~1984a!, Q10 values are relatively unaffected by IHC
impairment in the model, although tuning at levels 20 dB or
greater above threshold is broadened due to the broadened
filtering of the normal BM at higher stimulus levels.

IV. SYNCHRONIZED RESPONSE TO THE VOWEL Õ}Õ

A. Single-fiber data and predictions

Miller et al. ~1997! recorded AN single-fiber responses
to the synthesized vowel /}/ with the spectrum shown in Fig.
7. This synthesized vowel is periodic with a fundamental
frequency (F0) of 100 Hz and formant frequencies (F1-F5)
of 0.5, 1.7, 2.5, 3.3, and 3.7 kHz. Note that the stimulus has
been filtered by the head related transfer function~HRTF! of
a human head~Wiener and Ross, 1946!.

The synchronized responses of AN fibers to an;80 ms
vowel stimulus were evaluated by taking the Fourier trans-
form of the poststimulus time histogram~PSTH! normalized
to units of spikes/second~Miller et al., 1997!. Synchronized
rates for two fibers with BFs nearF2 are plotted in Fig. 8. At
the lowest presentation level@panel ~c!#, the normal fiber
responds to a number of frequency components of the vowel

FIG. 6. Determination of model IHC impairment to fit minimum threshold
shifts as a function of BF.~a! Function forCIHC versus unimpaired BF to
produce the threshold shifts as shown in panel~b!. ~b! Impaired thresholds
relative to the respective normal best threshold curves for the data and
model versus impaired BF. Gray symbols show data from individual fibers
and thin lines show threshold shifts for OHC impairmentalone ~replotted
from Fig. 5!. The thick lines show the model threshold shifts with IHC
impairment as described in panel~a! in combination with the three cases of
OHC impairment: mild ~solid line!, moderate~dashed line!, and severe~dot-
ted line!.

FIG. 7. Power spectrum of the vowel /}/ used in the physiological experi-
ments. Modified from Fig. 1 of Milleret al. ~1997! with permission from
the Acoustical Society of America© ~1997!.
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in the spectral peak aroundF2. This fiber exhibits synchrony
capture at the two higher stimulus levels@panels~a! and~b!#:
as the stimulus level increases above the fiber threshold, the
responses becomes synchronized almost exclusively to the
vowel component atF2. In contrast, the impaired fiber@~d!–
~f!# shows a much more broadband response, particularly to
the higher-intensity first formant. Note the higher presenta-
tion levels used to compensate for the elevated threshold of
this impaired fiber.

Shown in Fig. 9~a! are synchronized responses of a
model fiber with normal OHC and IHC function (COHC

5CIHC51); the BF, threshold, andQ10 approximately

match those of the normal fiber from Fig. 8. Like the normal
fiber of Fig. 8, the model fiber synchronizes to a number of
vowel components around theF2 spectral peak at the lowest
stimulus intensity~31 dB SPL! and almost exclusively to the
F2 component at the higher intensities. Also observed is a
synchronized response to the second harmonic ofF2, al-
though it is somewhat smaller than that of the example nor-
mal fiber. The major cause of the synchrony capture byF2 at
the higher intensities is the compressive/suppressive nonlin-
earity of the signal-path, narrow-band BM filter. At the 31
dB SPL presentation level, around 82% of the signal power
at the output of the narrow-band BM filter is at theF2 fre-

FIG. 8. Synchronized response of a normal@~a!–~c!# and an impaired@~d!–
~f!# fiber, both with BFs aroundF2, to the vowel /}/. Synchronized rate is
the magnitude of the Fourier transform of a PSTH~binwidth 20 ms!, with
units of spikes/s. The normal fiber had a BF of 1.7 kHz and aQ10 of 4.4, and
the impaired fiber had a BF of 1.6 kHz, a threshold shift of;60 dB, and a
Q10 of 3.8. Reprinted from Fig. 9 of Milleret al. ~1997! with permission
from the Acoustical Society of America ©~1997!.

FIG. 9. Model predictions of a low-frequency (BF'F2) AN fiber’s syn-
chronized response to the vowel /}/. ~a! Normal OHC and IHC (COHC

5CIHC51); BF51.7 kHz. ~b! Severely impaired IHC (CIHC50.003) and
normal OHC (COHC51); unimpaired BF51.7 kHz, impaired BF
'1.6 kHz, threshold shift'60 dB, and impairedQ10'3.8.
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quency; the narrow-band filter is effectively linear at this
presentation level@Fig. 4~b!#. At 51 and 71 dB SPL, the
narrow-band filter is operating in its nonlinear range, causing
the percentage of the signal power atF2 to increase to 89%
and 92%, respectively. These percentage values are relatively
unaffected by further processing of the signal by the IHC,
synapse, and spike generator sections of the model.

The example impaired fiber of Figs. 8~d!–~f! presents an
interesting case: it has relatively normal pure-tone tuning as
measured byQ10 values but has a broadband synchronized
response to the vowel~Miller et al., 1997!. How could this
come about? Shown in Fig. 9~b! are synchronized responses
of a model fiber with severely impaired IHC function
(CIHC50.003) and normal OHC function (COHC51); the
impaired BF, threshold shift, andQ10 approximately match
those of the impaired fiber from Fig. 8. The model predic-
tions are consistent with the data plotted in Figs. 8~d!–~f!,
showing synchrony to many frequency components of the
vowel ~i.e., loss of synchrony capture!, including a particu-
larly large response toF1. Examination of the output of each
stage of the model’s signal path shows how synchrony cap-
ture is lost without impairment to the BM filter. As stated
above, around 92% of the signal power at the output of the
narrow-band BM filter is at theF2 frequency for a presen-
tation level of 71 dB SPL. This percentage value drops to
only 59% if the presentation level is increased to 93 dB SPL,
because at this level the narrow-band BM filter tuning is very
broad@see Fig. 1~b!# and its gain is fairly linear again@see
Fig. 4~b!#. However, with normal IHC function the signal at
the output of the narrow-band BM filter is so large that it
falls within the nonlinear~saturating! ranges of the IHC non-
linearity and the synapse model. Saturation of the signal sup-
presses the smaller frequency components such that the per-
centage of the signal power atF2 increases to 80% at the
output of the IHC and 91% at the output of synapse model.
That is, synchrony capture is lost at the narrow-band BM
filter at high presentation level but is regained through the
nonlinear processing of the normal IHC and synapse. When
the IHC is impaired, the signal no longer saturates the IHC
nonlinearity and synapse model, and the percentage of the
signal power atF2 drops to 38% at the output of the IHC
and 27% at the output of the synapse model, producing the
broadband synchrony observed in Fig. 9~b!. These results
show that loss of synchrony capture at high stimulus levels
can be produced solely by IHC impairment, with no impair-
ment of BM tuning necessary.

OHC impairment alone can also give rise to broadband
synchrony at some stimulus levels. Results are shown in Fig.
10~a! for a model fiber with BF matching the example im-
paired fiber of Fig. 8, but with normal IHC function (CIHC

51) and total OHC impairment (COHC50). At the lower
two presentation levels the impaired BM response is broad
enough to create broad synchrony in the model AN fiber. In
these cases, the BM response is broader and more linear than
for the normal BM, and the reduced gain of the BM means
that the signal falls more within the linear regions of the IHC
nonlinearity and the synapse model, as was the case for IHC
impairment. At the highest level the signal is large enough
for the IHC and synapse to produce synchrony capture toF2

once again. This illustrates how in some cases synchrony
capture can occur without suppression at the level of the BM.
A more typical situation is combined IHC and OHC impair-
ment like that discussed in Fig. 6. Moderate OHC impair-
ment (COHC50.12) combined with IHC impairment (COHC

50.05) produces broadband synchrony at all presentation
levels @Fig. 10~b!#.

The effects of combined IHC and OHC impairment can
also be observed for fibers with BFs in theF3 region. Syn-
chronized rates for two fibers from Milleret al. ~1997!, one
normal and one impaired, with BFs nearF3 are plotted in
Fig. 11. Limited synchrony capture is observed in this nor-

FIG. 10. Model predictions of a low-frequency (BF'F2) AN fiber’s syn-
chronized response to the vowel /}/. ~a! Totally impaired OHC (CIHC50)
and normal IHC (CIHC51). ~b! Moderately impaired OHC (COHC50.12)
and impaired IHC (COHC50.05).
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mal fiber @~a!–~c!#; synchrony capture is not observed in
most normal fibers with BFs nearF3, although they do ex-
hibit a strong response toF3. The impaired fiber@~d!–~f!#
again shows much broader tuning, synchronizing particularly
to F1 andF2, with little response toF3.

Shown in Fig. 12~a! are synchronized responses of a
model fiber with normal OHC and IHC function (COHC

5CIHC51); the BF, threshold andQ10 approximately match
those of the normal fiber from Figs. 11~a!–~c!. The model
fiber synchronizes predominantly to frequency components
around its BF, consistent with the example normal fiber, al-
though it does not show the same degree of synchrony cap-
ture at the highest presentation level. Results are shown in

Fig. 12~b! for a model fiber with impaired IHC (CIHC

50.03) and OHC (COHC50.3) function; the impaired BF,
threshold shift, andQ10 approximately match those of the
impaired fiber from Figs. 11~d!–~f!. Like the example fiber,
the impaired model fiber exhibits broadband synchrony to
the vowel, particularly to the lower-frequency formantsF1
andF2, although the synchrony to nonformant harmonics is
larger in the model fiber.

B. Quantitative assessment of synchrony capture

Wong et al. ~1998! quantified synchrony capture using
power ratios~PRs!, which subdivide the response into com-

FIG. 11. Synchronized response of a normal@~a!–~c!# and an impaired@~d!–
~f!# fiber, both with BFs aroundF3, to the vowel /}/. The normal fiber had
a BF of 2.5 kHz and aQ10 of 4.3, and the impaired fiber had a BF of 2.6
kHz, a threshold shift of;60 dB, and aQ10 of 1.4. Reprinted from Fig. 10
of Miller et al. ~1997! with permission from the Acoustical Society of
America © ~1997!.

FIG. 12. Model predictions of a moderate-frequency (BF'F3) AN fiber’s
synchronized response to the vowel /}/. ~a! Normal IHC and OHC (CIHC

5COHC51). ~b! Impaired IHC (CIHC50.03) and impaired OHC (COHC

50.3); unimpaired BF52.93 kHz, impaired BF'2.6 kHz, threshold shift
'60 dB, and impairedQ10'1.4.
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ponents related to the formants and other components. Total
power is the sum of the squares of the synchronized ratesR
(k f0) over the first 20 harmonics of the stimulus. TheF2 PR
is the fraction of the total power that is phase-locked to the
second formant~the 17th harmonic!. F1&F2-related power
is the sum of the squares of the synchronized rates at the
harmonics related toF1 and F2, which include the 5th
(F1), 7th (F2223F1), 10th (23F1), 12th (F22F1),
15th (33F1), 17th (F2), and 20th (43F1); the distortion
products are included in theF1&F2 response because they
most likely result from rectifier distortion in the IHC-AN
synapse~Young and Sachs, 1979!. The F1&F2-related PR
is the fraction of the total power contained in the
F1&F2-related harmonics.

Wong et al. ~1998! measured power-ratios in AN fibers
in response to a 400-ms synthetic vowel with a spectrum
identical to that of the /}/ vowel stimulus shown in Fig. 7,
except that the sampling rate was adjusted so that F2 always
fell at the BF of the fiber. Example power-ratio data from
Wong et al. ~1998! are shown in the left column of Fig. 13
for four normal fibers with different BFs as labeled. These
data reveal a breakdown in synchrony capture byF2 at very
high sound levels, where significant response toF1 occurs at
the expense of response toF2. In the left column of Fig. 13,
fiber A exhibits synchrony capture byF2 ~dashed line! at all
stimulus levels. Fiber B exhibits synchrony capture byF2 at
moderate stimulus levels, which is lost at very high levels
~>80 dB SPL!. When theF2 PR drops, theF1&F2 PR
~solid line! stay the same, showing that theF2 response is
replaced by a response toF1. Fibers C and D have progres-
sively lower intensities at which the transition fromF2 to
F1 synchrony begins. This tendency occurs consistently as
BF increases~Wong et al., 1998!. The lower and upper
bounds of the shaded regions in the left column of Fig. 13
represent, respectively, the sound levels at which synchrony
capture by F2 is lost, meaning the vector strength VS
(F2)5uR(F2)u/R(0),0.5, and the component-2~C2!
threshold for F1 ~Liberman and Kiang, 1984!. The C2
threshold is the stimulus level at which a substantial phase
change occurs in the synchronized response~see Fig. 1 of
Wong et al., 1998! and is thought to correspond to a change
in the mode of stimulation of the fiber. Modeling the
component-1~C1! to C2 transition for pure-tone stimuli has
been accomplished using a dual-path BM filter~e.g., Gold-
stein, 1990; Schoonhovenet al., 1994; Meddiset al., 2001!,
not included in this model.

Predictions have been obtained for model fibers with
BFs roughly covering the range of BFs in the Wonget al.
~1998! data. Consistent with the physiological data, the
model predictions for normal IHC and OHC function (CIHC

5COHC51) shown in the right column of Fig. 13 exhibit
synchrony capture byF2 at moderate sound levels~,70 dB
SPL in all cases!. One factor that is crucial in producing
synchrony capture byF2 at moderate sound levels is the
high-pass filtering of the ME below 1 kHz; without ME fil-
tering, F1 @,1 kHz for all the Wonget al. ~1998! stimuli#
also produces a strong response at moderate intensities.

Also seen in the model predictions in the right column
of Fig. 13 is the transition in synchrony fromF2 to F1 at

higher intensities, although the effect is weaker than in the
data and the stimulus intensity at which the switch occurs
does not appear to decrease with increasing BF. Wonget al.
~1998! argued that the lower-level switch fromF2 to F1
synchrony with increasing BF is likely due to the increasing
strength of two-tone suppression with increasing BF. This
effect is partly represented in the model by the increase in
cochlear-amplifier gain with BF~Fig. 20!. Reducing the gain
for a model fiber with BF52.7 kHz to the gain prescribed for
a model fiber with BF51.3 kHz greatly reduces the switch in
synchrony at high intensities~results not shown!. In addition,
there is a small secondary factor not considered by Wong
et al. ~1998!, which is that with increasing BF, the
frequency-scaled vowel has an increasing ratio of power at
the F1 frequency relative to power at theF2 frequency,
becauseF1 is attenuated less by the ME filter. This effect

FIG. 13. Normal power ratio data at high sound levels. Left column: four
normal fibers with BFs as labeled, redrawn from Fig. 4 of Wonget al.
~1998! with permission from Elsevier Science© ~1998!. The solid and
dashed lines, respectively, show the fraction of total power in the fiber’s
response that is synchronized toF1 andF2 combined (F1&F2) or to F2
alone. The lower and upper bounds of the shaded regions represent, respec-
tively, the sound levels at which a loss of synchrony capture byF2 occurs
and the component 2 threshold forF1. Right column: four normal model
fibers with BFs as labeled.
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produces a slightly weaker response toF2 at the highest
intensities.

During the course of Wonget al.’s experiments, the high
presentation levels caused threshold shifts in a number of
fibers. The left column of Fig. 14 shows that in four fibers
exhibiting threshold shifts, with different BFs as labeled, the
synchrony toF2 is low at all levels (PR'0.1– 0.2) and is
only partly shifted toF1; around 40%–50% of the syn-
chrony is lost to other components of the vowel, as was
observed in Figs. 8~d!–~f! and 11~d!–~f!.

While the threshold shifts in the Wonget al. ~1998! ex-
periments may be temporary and therefore different in
mechanism from permanent acoustic trauma~Liberman and
Mulroy, 1982; Gaoet al., 1992; Nordmannet al., 2000!, it is
of interest to see how IHC and OHC impairment as modeled
in this paper predict the synchrony data in the left column of
Fig. 14. Plotted in the right column of Fig. 14 are results
from the four model fibers of Fig. 13 with individual IHC
and OHC impairment as indicated in the figure. These im-

pairments give rise to thresholds andQ10 values approxi-
mately matching those of the four example fibers in the left
column of Fig. 14. The model predicts the broadband syn-
chrony~loss of synchrony toF1&F2) seen in the data. The
loss of synchrony toF2 alone is fairly well described for
some vowel presentation levels but not for others. Example
fiber I ~top-left panel in Fig. 14! has an extremely broad and
elevated tuning curve (threshold'90 dB SPL; see Fig. 6 of
Wong et al., 1998!, suggesting that only a C2 response re-
mains in this impaired fiber. The model fiber with similar BF
~top-right panel in Fig. 14! has a sharper tuning curve than
the example fiber, even withCOHC set to zero, because the
model can only describe C1 responses. Consequently, the
model exhibits some synchrony toF2 at high presentation
levels, which is not seen in the experimental data. The other
three model fibers with BFs of 1.7, 2.2, and 2.7 kHz~right
column in Fig. 14! are set to have relatively normal OHC
function because of the fairly sharp tuning curve tips of ex-
ample fibers J, K, and L~left column in Fig. 14!. The model
BM nonlinearity ~compression and suppression! produces
higher synchrony toF2 at moderate presentation levels than
is observed in the example fibers, suggesting that the ex-
ample fibers may be subject to less compression and suppres-
sion than the model predicts from the tuning curves. These
inaccuracies in the model predictions show the limitations in
setting model OHC and IHC impairment to match individual
experimental tuning curves.

C. Synchrony capture versus BF

Miller et al. ~1997! measuredF1, F2, andF3 PRs in a
population of fibers across a range of BFs. Model predictions
of PRs forF1, F2, andF3 are plotted as a function of BF in
Fig. 15 for normal fibers and in Fig. 16 for impaired fibers.
Following Miller et al. ~1997!, PRs here include the phase-
locked response to the first, second, and third harmonics of
the formant frequency, as long as the frequency of the har-
monic is less than or equal to 5 kHz. Lines show model
predictions and gray hatched areas indicate the range of val-
ues observed in the physiological data of Milleret al. ~1997!.

The model predictions for normal fibers~Fig. 15! fall
predominantly within the range of values seen in the physi-
ological data at both presentation levels~69 and 49 dB SPL!.
Normal fibers synchronize almost exclusively to the formant
frequency closest to their BFs. The small peak in theF1 PR
of the model predictions at 1 kHz (23F1) is due to har-
monic distortion in the nonlinear BM filter. Such harmonic
distortion ofF1 is also observed in the physiological data at
69 dB SPL but is not apparent in the data at 49 dB SPL.

With impaired IHC and OHC function~Fig. 16!, model
predictions of PRs fall within the range of single-fiber values
for F1 andF3, but not forF2. At both levels~112 and 92 dB
SPL!, synchrony toF2 is overestimated in the BF region
aroundF2—possible causes are examined in Sec. V. A sec-
ond discrepancy is observed at the higher presentation level
~112 dB SPL!: an upward shift in the peak ofF1 synchrony
is observed in the data when compared to the lower presen-
tation level ~92 dB SPL!. This shift is seen in the model
predictions but is less pronounced.

FIG. 14. Power ratio data for impaired fibers at high sound levels. Left
column: four fibers exhibiting threshold shifts, with BFs as labeled, redrawn
from Fig. 6 of Wonget al. ~1998! with permission from Elsevier Science©

~1998!. Right column: four impaired model fibers~IHC and OHC impair-
ment for each as labeled! with BFs of 1.3, 1.7, 2.2, and 2.7 kHz, respec-
tively.
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D. Signal processing to restore synchrony capture

In Schilling et al. ~1998! and Miller et al. ~1999a!, two
different amplification schemes were investigated for their
potential to restore normal BF-dependent pattern of syn-
chrony capture for the vowel /}/ in acoustically traumatized
cats. Schillinget al. ~1998! tested a common hearing-aid
processing scheme, where the amplification has a frequency-
shaped gain function in which the gain is larger in regions of
greater threshold shift. They found that this amplification
scheme did indeed restrict the upward spread of synchrony to
F1 when compared to flat amplification. However, it could
not prevent the upward spread of synchrony toF2 andF3.
Perhaps more importantly, there was a strong and inappro-
priate synchrony of fibers with BFs in the trough region~;1
kHz! betweenF1 andF2 to energy at their BFs. This re-
sponse was presumably created by the low-frequency edge of
the amplification gain function and, in a hearing impaired
individual, could produce an anomalous perception of a for-

mant, confounding the identification or discrimination of ac-
tual vowel formants.

To overcome this problem, Milleret al. ~1999a! devel-
oped an alternative frequency-shaping scheme, contrast-
enhancing frequency shaping~CEFS!, where the edge of the
gain profile is placed not at the frequency where thresholds
begin to increase but rather just below theF2 frequency,
creating a stronger contrast betweenF2 and the lower-
frequency components such asF1 and the trough. The spec-
tra of the standard and CEFS vowels are shown in Fig. 17. A
30 dB of gain has been applied to the frequencies aboveF2,
to compensate for threshold shifts of around 60 dB in that
region ~see Lybarger, 1978, for an explanation of the ‘‘half
gain rule’’!. The formant frequencies are identical to the pre-
viously described /}/ stimulus. In contrast to the previous
stimulus, no HRTF filtering has been applied to the vowels in
Fig. 17, so theF3 intensity is lower relative toF2, and both
formant intensities are lower relative toF1.

FIG. 15. Model predictions of normal power ratios forF1, F2, andF3 as a
function of BF for stimulus intensities of 69 dB SPL~a! and 49 dB SPL~b!.
Thick lines show model predictions and gray hatched areas indicate the
range of values observed in the normal physiological data of Milleret al.
~1997!. Vertical dashed lines show the formant frequencies. Predictions are
shown for modelQ10 values that are at the 75th~solid lines!, 50th ~dashed
lines!, and 25th~doted lines! percentiles ofQ10 values for the physiological
data.

FIG. 16. Model predictions of impaired power ratios forF1, F2, andF3 as
a function of impaired BF for stimulus intensities of 112 dB SPL~a! and 92
dB SPL ~b!. Thick lines show model predictions and gray hatched areas
indicate the range of values observed in the impaired physiological data of
Miller et al. ~1997!. Vertical dashed lines show the formant frequencies.
Predictions are shown for modelQ10 values that are at the 75th~solid lines!,
50th ~dashed lines!, and 25th~dotted lines! percentiles ofQ10 values for the
impaired physiological data, i.e., for the three functions ofCOHC given in
Fig. 5~a!, and with IHC impairment as shown in Fig. 6~a!.
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Shown in Fig. 18 are predictions for the CEFS vowel
with the same impaired model fibers as in Figs. 9~b! and
12~b!. The presentation levels for the CEFS vowel are 8 dB
lower than those used in Figs. 9 and 12 so that theF2 inten-
sities are matched to those of the standard vowels. For a
model fiber with parameters the same as for Fig. 9~b! ~im-
paired IHC, normal OHC, and impaired BF51.6 kHz'F2),
synchrony capture toF2 is mostly regained with the CEFS
vowel @Fig. 18~a!; cf. normal data in Fig. 8~a!#. A model fiber
with parameters the same as for Fig. 12~b! ~impaired IHC,
impaired OHC, and impaired BF52.6 kHz'F3) exhibits
synchrony capture to thesecondformant of the modified
vowel, instead of toF3 @Fig. 18~b!; cf. normal data in Fig.
11~a!#. The same undesirable effect is seen in the AN fiber
data with CEFS amplification~see Figs. 10 and 11 of Miller
et al., 1999a!.

V. DISCUSSION

A. Sources of changes in synchrony in acoustically
traumatized cats

The model predictions presented in this paper suggest
that both OHC and IHC impairment contribute to the degra-
dation of the tonotopic representation of formant frequencies
~i.e., BF-appropriate synchrony! in AN fibers damaged by
acoustic trauma. OHC impairment broadens and linearizes
BM tuning, thereby causing AN fibers to synchronize to
many vowel components. This is consistent with the results
of Geisler~1989!, who used an AN model with a linear BM
filter and found that broadened tuning led to an upward
spread of synchrony toF1 in a few example model fibers.
Similar results were found by Sachset al. ~2002! with a
model including a nonlinear BM filter. Geisler~1989! argued
that IHC impairment was not necessary to explain physi-
ological data from sound-damaged cochleae, in spite of his-
tological data showing that the degree and extent~i.e., BF
region! of damage to IHC stereocilia is typically equal to or
greater than damage to OHC stereocilia~Liberman, 1984;
Liberman and Dodds, 1984a, b! for a sound-exposure para-
digm similar to that of Milleret al. ~1997!. Geisler~1989!
modeled OHC impairment by directly fitting filter functions
to impaired tuning curves, i.e., by independently varying the

filter gain and bandwidth. However, our results suggest that
some of the reduced gain in the Geisler~1989! filters may be
better attributed to IHC impairment.

Our results show that IHC impairmentalone can pro-
duce significant changes in the synchronized response to a
vowel @see Fig. 9~b!#. The BM tuning is normally quite broad
for high-intensity stimuli@see Fig. 1~b!#, but normal IHC
function leads to synchrony suppression of smaller vowel
components. Synchrony capture caused by the IHC and the

FIG. 17. Power spectra of the standard and CEFS versions of the vowel /}/.
The line spectrum shows the unprocessed vowel’s spectral shape and the
solid line shows the CEFS-modified spectral envelope. The CEFS vowel
was obtained by high-pass filtering the standard vowel with a cutoff fre-
quencyf c , which is 50 Hz below the second formant frequency~indicated
by the vertical dashed line!. Modified from Fig. 1~b! of Miller et al. ~1999a!
with permission from the Acoustical Society of America© ~1999!.

FIG. 18. Model predictions of responses to the CEFS vowel by impaired
AN fibers. The presentation levels are reduced by 8 dB from those used for
the standard vowel so that the levels of theF2 components are matched for
the CEFS vowel and the standard vowel.~a! Model fiber with parameters the
same as for Fig. 9~b!: impaired IHC (CIHC50.003) and normal OHC
(COHC51); impaired BF51.6 kHz. ~b! Model fiber with parameters the
same as for Fig. 12~b!: impaired IHC (CIHC50.03) and impaired OHC
(COHC50.3); impaired BF52.6 kHz.
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IHC-AN synapse has also been illustrated in previous mod-
eling studies~Schroeder and Hall, 1974; Geisler, 1985; Pay-
ton, 1988!. The results of this paper add to these previous
studies by suggesting over what range of stimulus intensities
this occurs. As discussed in Sec. IV A, our model predicts
that BM nonlinearity~compression and suppression! are the
primary cause of synchrony capture for stimulus intensities
between approximately 40 and 80 dB SPL, whereas IHC and
synaptic nonlinearity~saturation! are the major cause of syn-
chrony capture above 80 dB SPL. In the case of IHC impair-
ment as modeled in Sec. III C, high-intensity signals fall
within the linear region of the expanded IHC dynamic range
and synchrony suppression is substantially reduced. In a
similar fashion, the reduced BM gain in the case of OHC
impairment causes the signal to fall within the linear region
of the normal IHC dynamic range, leading to a reduction in
synchrony suppression in the IHC, in addition to the already
broader BM response. Note that the results described above
are obtained only with a model including two-tone suppres-
sion. In the model of Carney~1993!, which does not include
any wideband nonlinearities in the BM filter, BM tuning re-
mains relatively narrow even at high intensities and therefore
IHC impairment has little effect. Without two-tone suppres-
sion, only broadening of BM tuning by OHC impairment
causes any substantial change in the AN’s synchrony to the
vowel ~Bruceet al., 1999!.

B. IHC impairment in acoustically traumatized cats

Geisler ~1989! argued against the significance of IHC
impairment for AN responses partly because a number of
studies found relatively normal rate-level dynamic ranges for
impaired fibers~e.g., Salviet al., 1983; Liberman and Kiang,
1984!. The reasoning was that IHC impairment of the type
we have modeled should decrease the slopes of rate-level
functions, increasing their dynamic ranges~here slope is
measured in a plot of rate versus log sound pressure, as dB!.
This is true in the model, in that the decrease in IHC gain
increases the thresholds of AN fibers, which moves their dy-
namic ranges into the compression region of the BM input/
output function@Fig. 4~b!#, thus decreasing their slopes. The
effect would, of course, be smaller for low spontaneous rate
~high threshold! fibers, whose dynamic ranges normally in-
corporate more of the compression region~Sachs and Abbas,
1974; Yates, 1990!. Computation of rate-level slopes for
model fibers shows that, when level is expressed on a dB
scale, the effect of IHC impairment with no OHC damage
translates mainly into a threshold shift and the slopes with
severe IHC impairment are approximately as shallow as nor-
mal low-spontaneous rate~high threshold! fibers~results not
shown!. OHC damage, of course has the opposite effect, ei-
ther increasing or making no change in rate-level slopes,
because OHC damage reduces the compression in the BM
input/output function@Fig. 4~b!#. Increases in slope consis-
tent with this expectation have been shown in AN fibers
following OHC poisoning with kanamycin~Harrison, 1981!
and similar changes are inferred from psychophysical mask-
ing experiments in hearing-impaired subjects~Oxenham and
Plack, 1997!. The opposite effects of IHC and OHC damage
on rate-level slopes mean that, with the mixed losses in the

physiological data of Milleret al., the effect on the slope of
an individual AN fiber is difficult to predict and could be any
of the three possibilities: increased, unchanged, or decreased.
Measurements of rate-level slopes using a preparation simi-
lar to that of Milleret al. are consistent with this expectation
~M. G. Heinz, personal communication!. Thus Geisler’s ar-
gument, while correct, does not apply to mixed losses of the
type considered here.

Our method of separately determining OHC and IHC
damage~see Secs. III B and III C! is consistent with the con-
clusion that both were present in the impaired cats of Miller
et al. ~1997!, although histological analysis was not per-
formed on these cochleae. Furthermore, the extent~i.e., BF
region! of IHC impairment @Fig. 6~a!# is greater than the
extent of OHC impairment@Fig. 5~a!#, in agreement with the
histological data described previously~Liberman, 1984;
Liberman and Dodds, 1984a, b!. IHC impairment was
achieved in the model by decreasing the slope of the IHC
nonlinearity. However, it is not clear what could be the
physiological correlate of this manipulation. Permanently
closed transduction channels~e.g., Pickelset al., 1987! could
lead to a reduced saturation potential and reduced maximum
AN discharge rate, not seen in the data~Miller et al., 1997!.
Permanently open transduction channels~Meyeret al., 1998!
would likely result in a large increase in the resting IHC
potential and perhaps also in the spontaneous discharge rate
of AN fibers, also not seen in the physiological data~Liber-
man and Dodds, 1984b; Milleret al., 1997!. More consistent
with the AN data would be disarray of the stereociliar bundle
~Liberman and Dodds, 1984a!, such that greater pressure is
required to reach both threshold and IHC saturation.

C. Future model improvements

The results of this study show good qualitative predic-
tion of the effects of acoustic trauma on synchrony to a
vowel, but the quantitative accuracy could benefit from im-
provements to the model. One possibility is that our methods
of creating OHC and IHC impairment are too simple to cap-
ture the complex biophysical consequences of the mechani-
cal trauma and subsequent cellular damage. A second possi-
bility is that the inaccuracy of thenormal model at high
presentation levels, as seen in Sec. IV B, may produce simi-
lar inaccuracies in predicting the impaired data. Two physi-
ological phenomena that are not included in the normal
model and which may help explain its inaccuracy at high
presentation levels are frequency glides and multi-modal ex-
citation.

Frequency glides are modulations or sweeps in the in-
stantaneous frequency of the impulse response of BM filters,
also reflected in the impulse response of AN fibers~Carney
et al., 1999!. Carneyet al. ~1999! found that the impulse
response has an upward frequency glide for fibers with BFs
greater than 1500 Hz, almost no glide for BFs between 750
and 1500 Hz, and a downward glide for BFs less than 750
Hz. They also found that glides are independent of stimulus
intensity, but pointed out that the interaction of the glide with
the nonlinear envelope of the impulse response could lead to
shifts in BF with level. Broad filters have short time con-
stants and, consequently, their response will be dominated
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more by the starting frequency of the glide; narrow filters
have long time constants and will therefore be dominated
more by the final frequency of the glide. This level-
dependent behavior may at least partially explain the BF
shifts in BM tuning observed in the impaired cochlea and at
high intensities in the normal cochlea~e.g., Robles and Rug-
gero, 2001!. The lack of a BF shift may contribute to the
model’s inaccuracy in predicting the Wonget al. ~1998! data
~see Fig. 13!; a larger downward BF shift at high intensities
could reduce synchrony toF2 and increase synchrony toF1.
This is consistent with the growth of low-side two-tone rate
suppression in the model, which is also weaker than is ob-
served in physiological data~Zhanget al., 2001!.

Multi-modal excitation is the presence of more than one
vibrational mode in the BM response because of the complex
micromechanics of the organ of Corti~e.g., Robles and Rug-
gero, 2001!. Such multi-modal excitation, also observed in
AN responses~Lin and Guinan, 2000!, cannot be explained
by a single-path BM filter as used in our model; parallel
paths are required to model each mode of vibration~Gold-
stein, 1990; Schoonhovenet al., 1994; Meddiset al., 2001!.
In multi-path models, the center frequencies of each of the
parallel filters are typically different, which along with the
frequency glide in individual filters could contribute to shifts
in BF with OHC impairment or at high presentation levels
~Goldstein, 1990; Schoonhovenet al., 1994; Meddiset al.,
2001!. The interactions of the different paths might also ex-
plain the C1/C2 transition~Liberman and Kiang, 1984; Wong
et al., 1998!.

One feature not considered in any of these models is the
stapedial reflex, which has been shown to reduce the upward
spread of masking~i.e., low-side suppression! in AN fibers
~Pang and Guinan, 1997!. The physiological data examined
in this paper~Miller et al., 1997; Wonget al., 1998; Miller
et al., 1999a! were from anesthetized cats in which the reflex
is not present, and therefore modeling of the reflex is not
necessary to describe the data. However, if the data and mod-
eling results are to be applicable to hearing-aid design, then
the stapedial reflex could be a significant factor in determin-
ing the AN response to vowels in hearing-impaired individu-
als. The ME section of our model could be adapted to de-
scribe the effects of the stapedial reflex. This would create
another time-varying, nonlinear filter, and the control signal
for the reflex could likely be obtained from a large popula-
tion of model fibers.

Additionally, it is known that fibers with different spon-
taneous rates~and corresponding thresholds! provide differ-
ent representations of speech stimuli across stimulus intensi-
ties ~Sachs and Young, 1979!. In particular, low and medium
spontaneous rate fibers provide a better representation of
vowels in their average discharge rates at high intensities. It
would therefore be useful to extend the synapse model to be
able to produce an arbitrary spontaneous rate and the associ-
ated change in the rate-level function~Sachs and Abbas,
1974; Yates, 1990!.

The major deviation between the model and data is the
difference in response toF2 in the impaired case~Fig. 16!.
This difference is apparently related to the weak suppression
of F2 by F1 shown in Fig. 13. While the main cause is

probably the fact that the Zhanget al. ~2001! model pro-
duces insufficient two-tone suppression for suppressors be-
low BF, other factors may contribute. We have already ar-
gued that the lack of frequency glides in the model’s filters
could contribute to this difference. Another possibility, re-
lated to the modeling of low and medium spontaneous rate
~higher threshold! fibers, is the fact that the model incorpo-
rates only the minimal threshold shift@Fig. 6~b!#. Additional
threshold shift to model the average thresholds in the data
would require a decrease in the IHC/synapse gain. As dis-
cussed above, decreases in IHC synapse gain have the effect
of reducing large-signal suppression in the IHC and synapse
and result in more broadband responses. Thus if the full
range of thresholds were modeled, then the model data in
Fig. 16 would scatter in the direction of lower synchrony to
F2, which would decrease the difference between model and
data.

D. Applicability of the model to hearing-aid design

The model presented in this paper appears accurate
enough to be useful in testing the effects of potential hearing-
aid processing schemes on the neural representation of
speech. Such testing would provide information about hear-
ing aids to supplement that provided by psychophysics and
perceptual testing. Because the primary lesion in hearing im-
pairment is usually in the cochlea, it seems clear that a useful
goal for hearing-aid design should be producing auditory
nerve responses that are as normal as possible. The value of
the model in this regard is that it is much simpler, more
flexible, and cheaper than physiological experiments. As a
validation of the model’s usefulness in this regard, it predicts
both the benefits and the limitations of the CEFS amplifica-
tion scheme~Sec. IV D!, as they were observed in physi-
ological experiments. There are two limitations on the use-
fulness of the model for such testing: first, there is the
uncertainty about the quantitative relationship of cat and hu-
man auditory nerve responses. Recioet al. ~2002! have ar-
gued that suppressive interactions among the formants and
upward spread ofF1 may be a smaller issue in the human
cochlea, because of its longer length relative to the range of
frequencies represented. Thus the model will have to be
modified and validated for the human auditory periphery
~Heinz et al., 2001!. Second, there is no direct way, at
present, of estimating the specific degree of IHC and OHC
impairment in individual human subjects. Methods of diag-
nosing IHC and OHC impairment are beginning to be devel-
oped~Mooreet al., 1999, 2000; Plack and Oxenham, 2000!,
but these methods do not yet provide a practical method of
diagnosing individuals’ degrees of hair cell damage. Never-
theless, the model can still provide valuable information by
evaluating the effectiveness of signal processing for various
commonly encountered lesions.
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APPENDIX A: MIDDLE-EAR MODEL

The ME section of the auditory-periphery model was
created by combining the ME cavities model of Peakeet al.
~1992! with the ME model of Matthews~1983!. Both of
these are based on data from cats and are therefore suitable
for use in this model. An electrical-circuit representation of
the composite model is shown in Fig. 19~a!; circuit-element
values are given in Table II. The circuit was simplified by
omitting the round-window complianceCrw , which does not
produce any significant change in the transfer function.

A transfer-function representationG(s) of the circuit
~i.e., the transfer of pressure outside the eardrum to pressure
across the cochlear partition! was determined using the com-
puter program SAPWIN~Liberatoreet al., 1995!, giving

G~s!5
NUM~s!

DEN~s!
, ~A1!

where

NUM~s!54.07874310255s811.04232310250s7

14.1255310246s617.48636310242s5

17.1186310238s418.74363310236s3,

~A2!

and

DEN~s!52.41138310270s1111.91739310265s10

11.60971310260s915.76989310256s8

11.90447310251s713.87288310247s6

15.37782310243s514.18754310239s4

11.99923310235s311.20211310232s2

12.61157310244s, ~A3!

ands is in units of rad/s. From this continuous-time transfer
function, a tenth-order, IIR digital filter was created using the
invfreqz function in MATLAB ~The MathWorks, Natick,
MA ! with a sampling frequency of 100 kHz.2 The gain and
phase of the frequency response of the digital filter are
shown in Fig. 19~b!.

APPENDIX B: IMPROVED DYNAMICS FOR OHC
CONTROL OF THE BM FILTER

The dynamics of BM compression and suppression
~Robles et al., 1976; Ruggero and Rich, 1991! are deter-
mined in the model by the combination of the control-path
OHC nonlinearity~a Boltzmann function! and the OHC LP
filter @see Fig. 1~a!#. The wideband filter of Zhanget al.
~2001! has a varying bandwidth, but the gain at BF is nor-
malized to unity at each time step. With the prescribed asym-
metry for the Boltzmann function, the control path produces
compression in the signal path only over a restricted dynamic
range~,30 dB!, so Zhanget al. added a symmetrical, com-
pressive nonlinearity between the wideband filter and the
Boltzmann function to extend this dynamic range~see Fig. 1
of Zhang et al., 2001!. However, we have found that this

FIG. 19. ~a! Electrical-circuit representation of middle-ear model. Circuit-
element values are given in Table II.~b! Gain ~top panel! and phase~bottom
panel! of the frequency response of the middle-ear model shown in~a!.

TABLE II. Circuit-element values for the middle-ear model. Values
for Mf, Rf, Cbc, and Ctc are taken from the caption of Fig. 4 in Peakeet al.
~1992! and converted into cgs-units for compatibility with the units
used by Matthews ~1983! for all the other values: @pressure#
5dyne/cm2[@voltage#5volt; @volume velocity#5cm3/s[@current#
5ampere; @acoustic compliance#5cm5/dyne[@capacitance#5farad;
@acoustic mass#5g/cm4[@inductance#5henry; @acoustic damping#
5dyne•s/cm5[@resistance#5ohm; @acoustic impedance#5dyne•s/cm5

[@impedance#5ohm.

Mf50.0101 Cj51.2310211

Rf513.7 Li51.6
Cbc55.5531027 Ls53.3
Ctc51.7531027 Lv522
Cds5831028 Cal53.7310210

Rds51300 Ral523105

Lds50.054 Rc51.23106

Cdc53.531027 Ro52.83105

Rdc555.2 Lo52250
Ldm50.04 Crw5131028

Nt555
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nonlinearity introduces distortion products intotsp and tcp

for multi-tone or vowel stimuli, which induce the same un-
desired distortion products into the output of the signal-path,
narrow-band filter. These distortion products can be avoided
if compression in the control path is produced not by a static
nonlinearity but rather by dynamic compression in the wide-
band filter, as it is for the narrow-band filter. This is achieved
by normalizing the gain at BF not to unity but rather to the
gain of the narrow-band~signal path! filter, such that both
filters have roughly the same output for a BF tone.3

The gain normalization is achieved by first setting the
gain of each control-path low-pass filter to unity at BF. The
filter coefficients are calculated for the present value of
tcp@n# $using Eqs.~3! and~4! with tcp@n#5Ktsp@n# instead
of tsp@n#%. The center frequency of the control-path wide
band filter is not at BF but rather shifted to a frequency
corresponding to a point on the basilar membrane 1.2 mm
basal to the fiber BF, i.e., higher in frequency than BF
~Zhanget al., 2001!. Consequently, the gain (gaincp@n#) and
the group delay (grdcp@n#) at BF can be calculated for the
control-path filter according to the equations@see pp. 213–
230 of Oppenheim and Schafer~1989!#:

gaincp@n#

5A11c1LP@n#222c1LP@n#cos„~vcp2vBF!/Fs…

2c2LP@n#2~12cos„~vcp2vBF!/Fs…!
~B1!

and

grdcp@n#

50.52
c1LP@n#22c1LP@n#cos„~vcp2vBF!/Fs…

11c1LP@n#222c1LP@n#cos„~vcp2vBF!/Fs…
,

~B2!

wherevBF is the radian frequency (2p3BF) corresponding
to the fiber’s BF andvcp is the center radian frequency of the
wideband filter. The gain normalization is applied to the filter
by multiplying c2LP@n# by gaincp@n# as given by Eq.~B1!
after the number of samples given by the group delay has
elapsed. That is, the gain normalization value is delayed to
match the group delay. The gain might not be set for every
sample because of the fluctuating group delay, in which case
the most recent value for the gain normalization is used.
After the gain at BF for each of the low-pass filters has been
set to unity, the output of the entire wideband filter is multi-
plied by (tsp@n#/tnarrow)

3 to make its gain track that of the
narrow-band filter.

This method of normalizing the gain does not correct for
the phase changes withtcp@n#. The phase changes could be
compensated for by a time-varying all-pass filter, but we
have not found this necessary in our simulations if we~i!
reduce the cutoff frequency of the LP filter following the
OHC nonlinearity@see Fig. 1~a!# from 800 to 600 Hz and~ii !
ensure that the magnitude of the cochlear-amplifier gain for
BFs less than 3 kHz is not too large.

Note that in our version of the model, the output of the
wideband filter is also multiplied by a scaling factor of 4
3103 at the input to the Boltzmann function to compensate

for the removal of the symmetrical nonlinearity, that is, so
that the published parameters for the Boltzmann function are
still appropriate.

We have also found it necessary to modify how much
CA gain @see Fig. 4~b!# is applied at each BF to explain~i!
the change inQ10 values for impaired AN fibers~see Sec.
III B ! and ~ii ! AN vowel responses at high stimulus intensi-
ties ~see Sec. IV B!. Equation~7! of Zhanget al. ~2001! has
been modified to

gainCA~BF!5max$15,52~ tanh„2.2 log10~BF!10.15…11!/2%,
~B3!

where BF is in the units of kHz. Plotted in Fig. 20 are the old
~dashed line! and new~solid line! functions for CA gain. The
old function was quite arbitrary and was roughly based on
BM data from guinea pigs and chinchillas; such BM data do
not exist for cats. While the new function is still arbitrary and
was obtained indirectly by looking at the degradation of tun-
ing in impaired fibers and at responses to vowel stimuli, it
may provide a more accurate estimate of cochlear amplifier
gain for cats. One indication of this is that the maximum gain
is now 52 dB instead of 70 dB: high-BF, low-spontaneous-
rate model fibers with 70 dB of gain have ‘‘straight’’ rate-
level functions~Heinz et al., 2001! which are observed in
guinea pigs and chinchillas but not in cats~Sachs and Abbas,
1974!; reducing the gain to 52 dB for high-BF fibers pro-
duces ‘‘sloping-saturation’’ rate-level functions, as observed
in cats~results not shown!.

1
Scalingtsp in this fashion produces a linear change in the filter’sQ10 as a
function of COHC. For example, ifCOHC50.5, then the filter’sQ10 will be
halfway between the filter’sQ10 value for normal OHC function (COHC

51) and itsQ10 value for complete OHC impairment (COHC50). We have
chosen this method of scalingtsp because in Sec. III B we useQ10 values
from physiological data to set the level of OHC impairment as a function of
BF. The filter gain at BF is (tsp–impaired@n#/tnarrow)

3, and consequently the

impaired gain~either linear or in dB! does not change linearly withCOHC

@see Fig. 1~b!#. It is possible to apply an alternative scaling method

tsp–impaired@n#5tsp@n#~twide /tsp@n# !12COHC8 ,

FIG. 20. Cochlear amplifier gain versus BF. The dashed line shows the
function used in Zhanget al. ~2001!, and the solid line shows the new
function described by Eq.~B3!.
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so that the gain in dB changes linearly with an alternative scaling factor
COHC8 .
2This sampling frequency is sufficient to produce an accurate and stable
filter over the important frequency range~0.1–10 kHz!. Even so, care must
be taken to ensure stability when implementing the filter with fixed-
precision algorithms—please contact the authors for further advice on this
issue.

3The outputs of the narrow- and wideband filters will not be identical for a
BF tone because~i! the center-frequency of the wideband filter is above BF
and consequently the phase at BF fluctuates withtcp@n# and~ii ! the wide-
band filter, in contrast to the narrow-band filter, is not followed by a linear
band-pass filter.
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This report describes the extent to which ear-canal acoustic admittance and energy reflectance~YR!
in human neonates~1! predict otoacoustic emission~OAE! levels and auditory brainstem response
~ABR! latencies, and~2! classify OAE and ABR responses as present or absent. Analyses are
reported on a subset of ears in which hearing screening measurements were obtained previously
@Nortonet al., Ear. Hear.21, 348–356~2000a!#. Tests on 1405 ears included YR, distortion-product
OAEs, transient-evoked OAEs, and ABR. Principal components analysis reduced the 33 YR
variables to 5–7 factors. OAE levels decreased and ABR latencies increased with increasing
high-frequency energy reflectance. Up to 28% of the variance in OAE levels and 12% of the
variance in ABR wave-V latencies were explained by these factors. Thus, the YR response indirectly
encodes information on inter-ear variations in forward and reverse middle-ear transmission. The YR
factors classify OAEs with an area under the relative operating characteristic~ROC! curve as high
as 0.79, suggesting that middle-ear dysfunction is partly responsible for the inability to record OAEs
in some ears. The YR factors classified ABR responses less well, with ROC areas of 0.64 for
predicting wave-V latency and 0.56 for predictingFsp. © 2003 Acoustical Society of America.
@DOI: 10.1121/1.1523387#

PACS numbers: 43.64.Ha, 43.64.Jb, 43.64.Nf@BLM #

I. INTRODUCTION

The effect in human neonates of sound transmission
from the ear canal to the middle ear, and into the cochlea is
poorly understood. This acoustical functioning influences the
patterns of evoked otoacoustic emissions~EOAE!, which are
ear-canal acoustical signals generated within the cochlea, and
auditory brainstem responses~ABR!, which are evoked elec-
trical signals generated by multiple sources within the audi-
tory neural pathway. Current neonatal hearing screening
~NHS! programs are based on the use of EOAE and/or~air-
conducted! ABR responses that are each elicited by an
acoustic stimulus in the ear canal. Both EOAEs and ABRs
are objective in the sense that they do not rely on a voluntary
response from the patient. This feature is particularly useful
in NHS because it is not possible to behaviorally assess hear-
ing status in neonates. A significant issue in such programs,
however, is the problem of ‘‘false positives,’’ which refers to
ears with normal hearing that do not have sufficiently strong
EOAE and/or ABR responses at the time of the newborn
screening test. A widely held view is that middle-ear dys-
function, most often transient in nature during the neonatal
and perinatal periods, is responsible for such false-positive
outcomes. The facts that the neonate’s middle-ear cavities
contain mesenchyme and other material, and are not fully

pneumatized at birth are thought to be contributing factors to
this transient middle-ear dysfunction~Stuart et al., 1994!.
Improved understanding of the interaction between middle-
ear and cochlear functioning may have relevance for clinical
NHS programs designed to identify hearing loss in infants.

The first step towards such an understanding is to exam-
ine the extent to which variations in a population of ears in a
test of middle-ear functioning are able to predict variations in
EOAE and ABR tests. This is a basic research question to
better understand how the external ear and middle ear influ-
ence measures of cochlear functioning such as EOAE and
ABR tests. If such a middle-ear test were to lack the ability
to predict EOAE and ABR tests, then it is reasonable to
assume that it would also lack the ability to predict false
positives in neonatal hearing screening programs. On the
other hand, if a middle-ear test had the ability to predict
EOAE and ABR tests, then a second step relevant to clinical
utility would be to evaluate its application in an NHS pro-
gram.

The test of ear-canal and middle-ear functioning that is
examined in this report is the acoustical admittance and re-
flectance ~YR! response. This report describes analyses
based on a database of YR, EOAE, and ABR test responses,
with the purpose of better understanding the influence of the
middle ear on cochlear and neural responses in neonatal ears.
As such, its scope concerns the first step in understanding the
extent to which inter-ear variations in the YR test are able to
predict inter-ear variations in EOAE and ABR tests. Antici-
pating the finding that the YR test is predictive of EOAE and

a!Electronic mail: keefe@boystown.org
b!Current affiliation: School of Health Science, University of Wales

Swansea, Singleton Park, Swansea SA2 8PP, U.K.
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ABR tests, a second report~Keefeet al., 2003! evaluates the
application of YR test responses in the context of an NHS
program for the purpose of measuring middle-ear status.

The YR test is an input frequency response test based on
noninvasive stimulus and response measurements in the ear
canal. This is contrasted with a transfer function response
measured between an input location of the middle ear~e.g.,
including the ear canal!, and an output location~such as pres-
sure in the cochlear vestibule or stapes footplate velocity!.
The input frequency response is, at best, an indirect measure-
ment of forward and reverse middle-ear transmission be-
cause it lacks direct measurement of the output signal.
Middle-ear transmission functions have been reported for
adult human temporal bones with middle-ear cavities open
for forward transmission~Puriaet al., 1997; Hudde and En-
gel, 1998; Vosset al., 2000!, and reverse transmission~Puria
and Rosowski, 1996; Hudde and Engel, 1998!. Correspond-
ing measurements in neonatal human temporal bones have
not been reported. Such transfer functions provide direct
measurements of forward and reverse middle-ear transmis-
sion, but they are invasive measurements that cannot be used
under in vivo conditions in humans. In measurements on
acoustic impedance and stapes velocity in adult human tem-
poral bones, Vosset al. ~2000! concluded that inter-ear varia-
tions of acoustic impedance~middle-ear input! were not
strong predictors of inter-ear variations of stapes velocity
~middle-ear output! using temporal bones without apparent
otologic disease that appeared normal under an otologic-
operating microscope. This would appear problematical for
developing noninvasive tests of middle-ear functioning
based on acoustic responses measured in the ear canal, but it
has also been reported that YR responses in a population of
normal-hearing ears and a population of ears at risk for otitis
media with effusion predict the presence of conductive hear-
ing loss in clinical populations~Piskorskiet al., 1999!. Thus,
there is insufficient evidence to reject the use of noninvasive
acoustical tests of middle-ear function~Keefe, 2001!. Voss
et al. ~2001! described the possibility that the inter-ear varia-
tions reported by Vosset al. ~2000! were dependent on dif-
ferent physical processes than those in the normal and abnor-
mal ears tested by Piskorskiet al. ~1999!.

Currently, little is known concerning the use of input
acoustic frequency response functions in the ear canal to pre-
dict middle-ear transmission in clinical populations, and par-
ticularly so in hearing screening studies of neonatal ears.
Tympanometry is effective in screening for middle-ear dys-
function in older children, but its use in infants younger than
6 months remains controversial~Rhodeset al., 1999!, and
especially for infants younger than 3 months. The approach
of Piskorskiet al. used the presence or absence of a conduc-
tive hearing loss as a ‘‘gold standard’’@this terminology is
used in a generic sense as in clinical research studies, e.g.,
Norton et al. ~2000b!# against which to test the predictive
efficacy of the YR response. Conductive hearing loss was
defined in terms of a threshold value of the gap between
air-conduction and bone-conduction behavioral thresholds.
An alternative means to define a conductive hearing loss is in
terms of the air-bone gap in ABR thresholds~Hooks and
Weber, 1984; Foxe and Stapells, 1993; Stuartet al., 1994!.

However, such definitions of conductive hearing loss are
unavailable in neonatal hearing screening program tests be-
cause:~1! a behavioral audiogram cannot be measured on a
neonate;~2! bone-conduction ABR measurements are not
typically part of neonatal hearing screening protocols for
several reasons~such as issues associated with calibration
and the difficulty of maintaining a calibrated force on a neo-
natal head!. Thus, a neonatal gold standard for conductive
hearing loss currently does not exist or, at the very least, is
unavailable from typical clinical measurements during the
neonatal period. Some researchers recommend neonatal
hearing screening using an air-conduction ABR, and those
infants failing such a screening test are further tested using
diagnostic ABR with both air-conduction and bone-
conduction stimuli ~Chen et al., 1996; Stevens, 2001!.
Stevens considers three ways to measure a conductive com-
ponent of a hearing loss in a neonate. He concludes that the
latency of the air-conduction ABR wave-V response varies
too much with age, tympanometry does not predict conduc-
tive hearing loss, while bone-conduction ABR is a viable
choice.

Thus, the problem remains of assessing middle-ear func-
tioning in the context of a neonatal screening program. One
possible alternative to the direct measurement of conductive
hearing loss in neonates is to base a clinical decision for
middle-ear dysfunction on those physiological tests that are
used in neonatal hearing screening programs, and which in-
directly encode information on forward and reverse middle-
ear transmission. Given such an alternative, the question can
be asked of the extent to which the YR test, or some other
test of middle-ear functioning, is able to correctly classify
ears as having middle-ear dysfunction. Such a question is
addressed in Keefeet al. ~2003! based on the research in the
present report.

The ABR test is sensitive to forward middle-ear trans-
mission, and the EOAE test is sensitive to both forward and
reverse middle-ear transmission. If the YR response should
predict some of the structure of ABR and EOAE responses,
then this would be evidence that the direct measurement of
middle-ear input encodes information, albeit indirectly, on
forward and reverse transmission through the middle ear.
The YR response is sensitive to sound transmission in the ear
canal and to the acoustical termination at the middle ear at
the position of the tympanic membrane, i.e., the YR response
is a measure of ear-canal and middle-ear functioning. For
simplicity, it is often termed a middle-ear response in this
report, but the potential influence of ear-canal acoustics is
always implied. This has particular relevance in neonatal ear
canals, in which there are observed interactions between ear-
canal wall motion and ear-canal acoustical responses~Holte
et al., 1990!. It is also relevant to the hypothesis that the
presence of ear-canal wall motions can account for the pres-
ence of an additional shunt resonance in the acoustical ad-
mittance, which has been observed in the ears of infants up
to age 12 months at frequencies from 0.125–1.5 kHz~Keefe
et al., 1993!.
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A. Overview of the INHI project

The data for the analyses to follow were collected as
part of the Identification of Neonatal Hearing Impairment
~INHI ! project ~Norton, 2000a!, of which the principal goal
was to test the effectiveness of physiological tests in identi-
fying hearing loss in neonates. Hearing status in the INHI
project was assessed using transient-evoked otoacoustic
emissions ~TEOAE!, distortion-product otoacoustic emis-
sions ~DPOAE!, and air-conduction ABRs. These three re-
sponses were obtained whenever possible for both ears of
each subject. INHI results have been described for TEOAEs
~Norton et al., 2000c!, DPOAEs ~Gorga et al., 2000!, and
ABRs ~Siningeret al., 2000!. A secondary goal of the INHI
project was to examine whether a YR test of middle-ear
functioning would provide data on middle-ear functioning in
neonates relevant to the outcomes on the primary screening
measures. YR responses were acquired at four of the six
INHI centers, preliminary analyses of which suggested that
the data may be useful in interpreting neonatal tests of hear-
ing screening~Keefe et al., 2000!. The study found that a
contributor to the false-alarm rate of TEOAEs was a leaky
probe fit that can be detected by examination of the low-
frequency YR response~from 0.25–1.0 kHz!; 13% of the
responses had a leaky probe fit. The only analysis in the
INHI project of the combined middle-ear and cochlear re-
sponses examined the influence of probe fit on TEOAEs, in
which the YR test provided the data to evaluate the quality of
the fit ~leaky or adequate fit!. The false-positive rate associ-
ated with TEOAE testing decreased from 12.4% in the popu-
lation with a leaky probe fit to 5.8% in the population with-
out a leaky probe fit, with the assessment of probe fit coming
from the YR test rather than the TEOAE test. Thus, the YR
response accounted for some of the false positives in
TEOAE testing.

This report uses the INHI data acquired at the Boys
Town National Research Hospital, and Women and Infants
Hospital, which were combined into a database for new
analyses. These two sites had collected both primary screen-
ing data~TEOAE, DPOAE, ABR! and most of the middle-
ear data~YR! on subjects tested in the INHI project.

B. Response variables

The variables used in the present analyses are described
below.

1. TEOAEs

The stimuli were unfiltered clicks of 80-ms duration, de-
livered at an approximate ear-canal level of 80 dB pSPL.
Responses to a minimum of 60 stimulus sweeps were aver-
aged. Signal and noise SPLs were evaluated in five half-
octave frequency bands centered at 1.0, 1.5, 2.0, 3.0, and 4.0
kHz, or 10 TEOAE variables in total~Norton et al., 2000c!.

2. DPOAEs

The DPOAE stimuli were pairs of sinusoidal tones (f 1
and f 2) with a fixed frequency ratio (f 2/f 151.22). DPOAE
signal and noise SPLs were measured in response to tones
with f 2 set at 1.0, 1.5, 2.0, 3.0, and 4.0 kHz. Although two

primary-tone levels were used during the original study, the
present analyses used data collected at stimulus levels of
L1565 dB andL2550 dB SPL. There are 10 DPOAE vari-
ables in total~Gorgaet al., 2000!.

3. ABR

ABRs were recorded for click stimuli of 30 and 70 dB
nHL. In the original study, these data were recorded simul-
taneously from the vertex to the nape of the neck, and from
vertex to the ipsilateral mastoid. The present analyses used
only the data recorded from the vertex to the mastoid. At 30
dB nHL, only wave V latency@LV(30)# was measured. At
70-dB nHL, wave I latency@LI(70)#, wave V@LV(70)#, and
the wave V–I latency@LV– I(70)# were measured. The ABR
variable used to predict hearing loss in the INHI project is
theFspvalue measured at 30 dB~nHL!, which is a measure
of the relative level of signal to noise. These and other details
regarding the ABR results are described by Siningeret al.
~2000!.

4. YR

The YR variables were based on the acoustic admittance
~Y! and energy reflectance~R! at the probe tip. The trio of
YR variables at each of 11 test frequenciesf consisted of
acoustic conductanceG ~real part of admittance!, equivalent
volume V ~calculated in terms of the imaginary part of the
admittance!, and energy reflectance. The 11 test frequencies
were at half-octaves from 0.25 up to 8.0 kHz, so that each
YR response contained a set of 33 variables~Keefe et al.,
2000!.

C. Research issues

The aim in this study is to better understand the relation-
ship of EOAE and ABR responses in ears for which the YR
response is also known. Because of the high prevalence of
measurements in normal-hearing ears in the sample popula-
tion ~because hearing loss is a rare event among neonates!,
the relationships obtained are characteristic of a population
mainly dominated by normal-hearing ears. Research issues
are listed below.

1. Can middle-ear functioning be described by a
small number of YR variables?

Many of the 33 variables in the YR response are highly
correlated with one another so that it may be possible to
define a set of new variables that is fewer in number that
adequately describe the original YR data set. It would be
useful to describe middle-ear functioning using fewer vari-
ables, because the subsequent analyses would be simpler and
any significant results would more likely generalize to a new
sample population. A principal component analysis~PCA!
examines the extent to which the information contained in
the YR response may be represented by fewer variables, or
factors. Previous work using PCA showed that a set of YR
measurements on 433 adult human subjects could be repre-
sented using factor analysis in terms of five variables, each
having significant loadings across approximately one octave
in frequency~Levi et al., 1998!.
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2. Should responses with poor probe fits be
excluded?

Previous research showed this variable to be significant
in the structure of the YR responses. If the presence of a leak
adds measurement noise, then the statistical relationships be-
tween YR response and EOAE or ABR responses may be
more evident in the subset of responses with a good probe fit.

3. Does knowledge of the middle-ear functioning help
explain EOAE and ABR responses?

This question asks whether the YR response accounts
for a significant fraction of the variance of the EOAE and
ABR responses. If so, then middle-ear functioning, as as-
sessed in the YR response, is intertwined in the interpretation
of EOAE or ABR responses. Examining the similarities and
dissimilarities between these test types may provide valuable
data on the overall functioning of the auditory periphery.

4. Can knowledge of middle-ear functioning account
for false-positives in EOAE or ABR testing, i.e.,
for those ears that have small or absent EOAEs or
ABRs in subjects with normal hearing?

This question perhaps has the most clinical, practical
relevance for NHS programs. The majority of neonates who
fail EOAE hearing screening programs based on absent~or
low-level! EOAEs does not have sensorineural hearing loss,
meaning they are false positives. It is often assumed that
such neonates have a transient middle-ear condition that in-
terferes with the forward transmission of stimulus energy
and/or the reverse transmission of the EOAE, if generated,
thus leading to an inability to record a detectable EOAE. If
the YR test is a measure of middle-ear functioning, it may be
possible to classify ears as having present or absent EOAEs
on the basis of YR data. The ability of the YR test to classify
EOAEs or ABRs as present or absent is well defined even in
the absence of the determination of hearing status, and re-
lates to how middle-ear functioning influences these signals.

5. How well do the statistical relationships existing
between responses in one sample population
generalize to a new sample population?

If the YR test is a robust test of middle-ear functioning,
the results should generalize to a new sample population of
similar subject characteristics.

II. METHODS

A. Subjects

The data used in the present study consist of measure-
ments in 2766 ears for which all neonatal hearing screening
tests ~i.e., DPOAE, TEOAE, and ABR tests! as well as
middle-ear~YR! tests were completed.

B. Test protocol

The standard neonatal screening protocol for the INHI
project has been described~Harrison et al., 2000!, as has
been the augmentation of the standard protocol to include the
YR test ~Keefe et al., 2000!. In particular, the order of

TEOAE, DPOAE, and ABR tests was randomized, but the
YR test always preceded the TEOAE test. The same probe
~Otodynamics ILO92! was used to deliver stimuli for all
tests, and record EOAE and YR responses. More details on
TEOAE, DPOAE, ABR, and YR measurements are de-
scribed elsewhere~Norton et al., 2000c; Gorgaet al., 2000;
Siningeret al., 2000; Keefeet al., 2000!.

C. Statistical analyses

The data from the two INHI sites were merged and
transferred intoSTATA for Windows software for statistical
analyses. The merged set was separated into a training set
(N51405) and evaluation set (N51361). The training set
was used in the initial analyses to construct various predic-
tors, and the evaluation set was used to test the generaliza-
tion of these predictors. Subjects in whom data were ac-
quired in only one ear were assigned to the training set. For
the remainder of subjects in whom data were acquired in
both ears (N51361), individual test results were randomly
assigned to one of these sets under the constraint that each
set was balanced across ear~left or right! and gender. This
was to control for the variability in YR results in neonates
due to ear and gender~Keefe, 2000!.

III. RESULTS

Section A describes a principal component analysis
~PCA! on the training set to reduce the number of variables
in the YR response. Each variable in this reduced set of new
variables is called a factor. Separate analyses were performed
on the full training data set as well as on that portion of the
training data set with leaky probe fits excluded, termed the
partial training set. Section B describes correlations on the
training set between the YR factors and each of the DPOAE
and TEOAE levels, and the ABR latencies. These correla-
tions test whether individual YR factors are related to inter-
ear differences in cochlear and neural response variables.
Section C describes results on the training set using multiple
linear regression analysis to test whether the factors describ-
ing middle-ear functioning are able to predict the linear pat-
terns of DPOAE, TEOAE, and ABR responses. These regres-
sion analyses differ from the simpler correlation analyses
insofar as all the YR factors enter as independent variables
rather than single factors. Section D describes results on the
training set using multivariate logistic regression analyses to
test whether the set of YR factors is able to predict the pres-
ence or absence of a DPOAE and TEOAE classified on the
basis of a threshold signal-to-noise level, and of an ABR
response classified byFsp.

Section E describes analyses of how well the test results
on the training set, including linear and logistic regression
models, generalize to a validation set. It should be noted that
intersubject correlations were present between the training
and validation sets because the sets contained opposite-ear
data from many of the same subjects. The decision to include
one ear per subject in the training set allowed the largest
possible number of independent measurements in the main
data set used for analyses. Nevertheless, separate analyses of
the training and validation sets provided information on gen-

392 J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Keefe et al.: Reflectance effects on OAE and ABR



eralization that would otherwise have been unavailable, and,
in particular, provided a test of whether the results generalize
to a new data set composed of opposite-ear data.

Section F describes differences in the results using full
and partial data sets, which differ on whether those ears with
leaky probe fits are included in the sample. While it is ex-
pected that the YR test might be refined in future studies to
give real-time feedback on the quality of the probe seal, it is
worthwhile to understand how such a leak may influence the
ability of the YR response to predict EOAE and ABR re-
sponses. Such analyses on the full training set and full vali-
dation set summarize the relationships observed between
YR, EOAE, and ABR tests without artificially discarding any
of the data. The analyses on the partial training set and par-
tial validation sets, which exclude ears with leaky probe fits,
summarize the relationships between test variables in a man-
ner appropriate for future applications that might provide
real-time control of probe seal.

A. Principal component analyses on the training set

In PCA, each of the 33 YR variables is normalized to
have a mean of zero and a standard deviation of 1, and the
correlation matrix between these normalized YR variables is
calculated. This correlation matrix has a well-defined eigen-
vector decomposition with a corresponding spectrum of ei-
genvalues. A common rule in PCA is that factors with eigen-
values greater than 1 are retained, and the remaining factors
discarded~Kleinbaumet al., 1988!. Adopting this rule gives
the desired reduction in the number of factors in the reduced
set of variables, which ranged from 5 to 7 for the various YR
data sets. The eigenvector coefficients are the factor-loading
coefficients of the original YR variables onto the factors:
each factor is calculated as the sum across all YR variables
of the product of a factor-loading coefficient, which is a
number between21 and 1, and the normalized YR variable.
The factors are orthogonal and thus well suited for subse-
quent regression analyses. They are sorted by the decreasing
variance accounted for in the original YR data set, so that the
first factor accounts for the most variance in the YR data,
followed by the second factor, etc. This advantage of a re-
duction in the number of factors is balanced by the disadvan-
tage that there is not necessarily a simple relationship be-
tween each factor and the original YR variables. To retain
such a simple relationship, a new set of factors is calculated
using a varimax rotation of the eigenvectors, which preserves
the eigenvalues and orthonormality of the~new! factors, but
increases the similarity of individual factors to a relatively
small number of the original YR variables. This allows an
interpretation of the rotated factors in terms of the YR vari-
ables as described below. Before and after rotation, the cu-
mulative variance in the YR variables accounted for by a
given set of factors~with eigenvalues exceeding 1! is the
same, even though the individual YR variance accounted for
by each factor differs following the rotation.

Based on the PCA~with rotation of eigenvectors! of the
full training set~including ears with leaky probe fits!, there
are five significant factors that account for 88% of the vari-
ance in the original YR data set. In the partial data set~ex-
cluding ears with leaky probe fits!, there are seven factors

that account for 84% of the variance. Hence, 5–7 new vari-
ables describe most of the variance in the original 33 YR
variables.

For the partial training set, the~rotated! factor loadings
are visualized by plotting those factor loadings exceeding 0.5
in absolute value as a function of frequency for each of the
YR variables, energy reflectance~R!, equivalent volume (V),
and acoustic conductance~G! ~see Fig. 1!. The factor loading
is represented by the height of each stem, and each stem is
labeled by the factor number~1–7!. This plot represents the
mapping of the largest-magnitude factor loadings onto the
YR variables, and preserves the sign of the factor loading.
The corresponding variance accounted for by each~rotated!
factor is listed in Table I. All factor loadings for the partial
training set are listed in Table II, from which the loadings in
Fig. 1 are plotted.

Table I summarizes the interpretation of the factors in
terms of the YR variables and frequencies, and presents more
meaningful names for the variables. For example, the factor
F2, which plays a key role in the regressions to be described,
is namedFRHI ~and sometimes denoted asFRHI-2 with the
factor number! to indicate that it is the factor with high load-
ings on energy reflectance at high frequencies. The factor
number was assigned by the statistics software in order of
declining variance accounted for in the PCA before rotation,
in contrast to the factor names, which give the variables and
frequencies over which the factor loadings are largest in
magnitude.

This set of names is useful for comparing PCA’s on
various data sets—F2 in a given pair of data sets may have
quite different interpretations in terms of factor loadings on
the YR variables, but if a factor exists with high loadings on
reflectance at high frequencies, thenFRHI is said to exist in
each data set.

Factor 1~FYLO!, which accounts for the largest variance
~23%!, has large positive loadings onV at frequencies from
0.25–1 kHz and large negative loadings onG from 0.25–
0.71 kHz. This means that:~1! an ear with a largeV at low
frequencies tends to have a largeF1; ~2! an ear with a small
G at low frequencies tends to have a largeF1; ~3! V( f ) is
highly correlated across the lower frequencies;~4! G( f ) is
highly correlated across the lower frequencies; and~5! V( f )
and G( f ) are highly inverse correlated at low frequencies
~see Table I!.

Factor 2~FRHI!, which accounts for the next most vari-
ance~14%!, has large positive loadings onR at frequencies
from 2–8 kHz. This means that energy reflectance is highly
correlated across the frequencies at and above 2 kHz. It also
means that high-frequency reflectance tends to be uncorre-
lated with low-frequency equivalent volume or conductance,
because all factors from a PCA are orthogonal. The evidence
underlying such statements is expressed in the YR correla-
tion matrix that is used in the PCA to calculate the loadings.

For the full training set~including ears with leaky probe
fits!, there are five factors retained, with factor loadings
listed in Table III. The factor loadings are plotted for those
with magnitudes exceeding 0.5 in Fig. 2. The complete set of
factor loadings for the full training set is listed in Table IV,
from which the loadings in Fig. 2 are plotted. Ranking each
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factor according to the percentage of variance in the YR data
set that it explains, there are similarities and differences in
the partial versus full training sets. The factorFYLO ac-
counts for approximately the same variance in both sets
~23% in Table I, and 25% in Table III!, as is the case for

FRHI ~14% in Table I, and 11% in Table III!, FYRMI, and
FRLO. However, factorFYHI accounts for much less vari-
ance in the training set with leaky ears excluded~9% in Table
I, versus 33% in Table III!. The two factorsFY7k-5 and
FY MI-7 in Table I, which do not occur by name in Table
III, also account for the least variance in the YR responses in
Table I.

B. Correlations on the training set

Correlation analysis is well suited for the study of the
relationships between EOAE levels and each of the factors
~Kleinbaumet al., 1988!. Using the partial training set, those
correlation coefficients that differ significantly from zero are
illustrated in Fig. 3. The correlation for each factor is plotted
versus thef 2 frequency of the DPOAE or the center fre-
quency of the TEOAE half-octave-averaged responses.

The factorFRHI has the largest magnitude, but a nega-
tive correlation with both DPOAE and TEOAE levels at 2, 3,
and 4 kHz. The correlation is more negative with increasing
frequency, with a minimum of20.47 for the TEOAE level at
4 kHz. Therefore, the EOAE level decreases as high-
frequency energy reflectance increases. These correlations
are defined between EOAE variables in the 2–4-kHz range
and a factor highly correlated to reflectance in the same 2–4-
kHz range.

For EOAEs below 2 kHz, there are a number of factors
with weaker correlations. At 1.5 kHz, the DPOAE level has a
correlation of20.20 withFRHI but a larger-magnitude cor-
relation of 0.24 withFYRMI. The TEOAE level has a corre-

FIG. 1. Those factor-loading coefficients with magnitudes exceeding 0.5 are plotted as a function of YR variable type (R,V,G) and half-octave frequency for
the PCA of the training set with leaky ears excluded. The stem height encodes the factor loading. The number above or below each stem indicates the factor
number.

TABLE I. PCA results for training set excluding leaky ears.

Factor % of YR variance Factor namea Description

1 23% FYLO Low-frequency admittance
~0.25–1 kHz!

2 14% FRHI High-frequency reflectance
~2–8 kHz!

3 9% FYHI High-frequency admittance
~3–8 kHz!

4 11% FYRMI Mid-frequency YR~1–2 kHz!
5 7% FY7k Admittance near 6–8 kHz
6 13% FRLO Low-frequency reflectance

~0.25–1 kHz!
7 8% FYMI Midfrequency admittance

~1.4–4 kHz!
Total 84%

aThe first character of each name isF for factor; the next character~s! iden-
tify the variable that predominates—Y for admittance~factors 1, 3, 5, 7!, R
for reflectance~factors 2, 6!, or YR for both admittance and reflectance
~factor 4!; the last two characters identify the frequency range that
predominates—LO for low frequencies,MI for middle frequencies,HI for
high frequencies, or7k for frequencies near 7 kHz. Note that the complex
admittanceY includes both the acoustic conductanceG, which is the in-
phase component ofY, and the equivalent volumeV, which is proportional
to the ratio of the out-of-phase component ofY and the frequency. The
factor loadings ofG and V are plotted in Fig. 1, and serve to define the
Y-related factors.
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lation with FRHI of 20.18, which is approximately twice as
large in magnitude as any other correlation at this frequency.
Results are difficult to interpret at 1 kHz, a condition in
which the EOAEs were dominated by noise. In the 2–4-kHz
range, the other factors have weak correlations with EOAE
level, whileFRHI remains the most important factor.

For ABR responses, correlations with the factors were
calculated forLV(30), LV(70), LI(70), andLV– I(70). While
significant correlations were obtained for some ABR vari-
ables with all factors exceptFRLO, the largest correlations
are 0.30 betweenFRHI andLV(30), and 0.28 betweenFRHI
andLI(70). This means that ABR latencies increase as high-
frequency reflectance increases.

C. Linear regressions on the training set

Multiple linear regressions~Kleinbaum et al., 1988!
were performed on the training set to test the extent to which
the set of YR factors predicts the patterns of DPOAEs,
TEOAEs, and ABRs by calculating the total variance ac-
counted forR2 ~this R2 should not be confused with energy
reflectanceR!. If R2 differs significantly from zero, this is
evidence that inter-ear variations in the EOAE and ABR are
explained, at least in part, by inter-ear variations in middle-
ear functioning. The set of factors for the partial or full train-
ing set were inputs to each regression, with DPOAE SPL,
TEOAE SPL, and ABR latencies selected as dependent vari-
ables in separate regressions. TheR2 is plotted in Fig. 4 for
the partial and full training sets for EOAE levels~solid line
plots in top two rows! as a function of frequency, and for
ABR latencies~filled bar graphs in bottom row!.

For EOAEs,R2 increases with increasing frequency and
is similar for DPOAEs and TEOAEs. The significant linear
regression coefficients for the partial training set are listed in
Table V. These provide information on the parts of the YR
response that individually account for inter-ear variations of
EOAE and ABR tests. The structures of the coefficients are
similar for DPOAE and TEOAE responses. As with the cor-
relations, more variance in the EOAE levels is explained as
frequency increases, with as much as 28% of the variance
explained at 4 kHz for EOAE levels in the partial training

TABLE II. Factor loadings for partial training set.

Frequency~kHz! FYLO-1 FRHI-2 FYHI-3 FYRMI-4 FY7k-5 FRLO-6 FYMI-7

Reflectance 0.25 0.302 0.299 0.22220.109 0.009 0.620 0.182
0.35 0.322 0.188 0.172 20.061 0.040 0.810 0.091
0.50 0.364 0.063 0.189 20.079 0.114 0.830 0.023
0.71 0.377 0.052 0.220 20.156 0.106 0.805 0.109
1.00 0.282 0.079 0.014 20.388 0.031 0.664 0.258
1.40 0.034 0.338 0.084 20.604 20.135 0.411 0.310
2.00 20.073 0.698 0.080 20.452 20.204 0.128 0.040
2.83 20.002 0.887 0.026 20.107 20.039 0.058 20.216
4.00 0.098 0.801 0.004 20.055 0.332 0.086 20.199
5.66 20.032 0.891 20.016 20.138 0.136 0.087 20.017
8.00 20.037 0.697 0.160 20.046 20.285 0.225 20.079

Equiv. volume 0.25 0.745 0.103 0.223 20.085 0.079 0.001 0.250
0.35 0.901 0.102 0.177 20.015 0.034 0.070 0.219
0.50 0.948 0.001 0.075 0.078 0.052 0.143 0.099
0.71 0.908 20.094 0.062 0.221 0.071 0.163 0.062
1.00 0.773 20.211 0.079 0.402 0.058 0.224 0.163
1.40 0.393 20.320 0.030 20.021 0.118 0.447 0.572
2.00 0.093 20.059 0.306 20.618 0.164 0.274 0.545
2.83 0.132 0.388 0.584 20.550 0.066 0.004 0.109
4.00 0.092 0.365 0.744 20.070 0.267 0.121 0.082
5.66 0.127 0.126 20.010 20.079 0.923 0.056 20.112
8.00 0.068 0.298 20.695 20.109 0.223 20.318 0.103

Conductance 0.25 20.885 20.106 0.108 0.289 0.000 20.194 0.163
0.35 20.854 20.047 0.181 0.275 20.011 20.225 0.246
0.50 20.830 0.002 0.200 0.300 20.035 20.235 0.302
0.71 20.760 0.012 0.196 0.404 20.038 20.280 0.275
1.00 20.441 20.006 0.251 0.668 20.061 20.353 0.039
1.40 20.042 20.240 0.040 0.896 20.071 20.088 0.085
2.00 20.085 20.466 20.056 0.514 0.014 0.232 0.584
2.83 20.202 20.422 0.195 20.087 20.045 0.183 0.729
4.00 20.121 20.031 0.521 20.036 20.415 0.065 0.572
5.66 20.074 20.013 0.848 0.076 0.151 0.298 0.196
8.00 0.017 20.079 0.247 0.000 0.812 0.174 0.158

TABLE III. PCA results for full training set.

Factor % of YR variance Factor name Description

1 33% FYHI High-frequency admittance
~2–8 kHz!

2 25% FYLO Low-frequency admittance
~0.25–1 kHz!

3 13% FRLO Low-frequency reflectance
~0.25–1 kHz!

4 11% FRHI High-frequency reflectance
~2–8 kHz!

5 6% FYRMI Midfrequency YR~1–2 kHz!
Total 88%
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set. Also in common with the correlations, the factorFRHI
accounts for most of the variance, but other factors play a
role. The comparative role ofFRHI is summarized by con-
sidering the correlation value20.47 between TEOAE level
andFRHI at 4 kHz~Fig. 3!, for which its squared correlation
R25(20.47)250.22. The correspondingR250.28 for the
multiple regression on TEOAE level in the partial training
set ~Fig. 4!, so thatFRHI in this example accounts for 22%
of the variance, leaving the other factors to account for the
remaining 6%. These are additive because the factors are
orthogonal.

Table V shows that for the TEOAE response at 4 kHz,
FRHI, FYRMI, FRLO, and FYMI are significant, and the
steepest slope is that forFRHI. The relative steepness of
slope ~24.22! is due to the large magnitude of the corre-
sponding correlation~20.47!. For the other factors in Table
V for both EOAE types, no factor is significant at the 0.05
level in both EOAE types at 1 kHz, while the factorsFRHI
and FYRMI are the most important at frequencies at and
above 1.5 kHz, except for the stronger effect ofFYMI than
FYRMIat 3 and 4 kHz. The factorsFYLO, FYHI, FY7k, and
FRLO sometimes differ significantly from 0, but their slope
coefficients never exceed 1.05. WhileFRHI for high-
frequency reflectance is the most important regression vari-
able at and above 1.5 kHz, the other factors encoding admit-
tance and reflectance make significant contributions.

Before performing the regressions on the ABR latencies,
ears for which latency data were absent forLV(30), LV(70),
or LI(70) were eliminated. Analyses on ears with valid la-

tency measurements included 1295 ears in the full training
set, and 1158 ears in the partial training set. Overall, the
results for the ABR dependent variables show less variance
accounted for by the YR factors than for EOAE-dependent
variables~Fig. 4!. In the full training set, the highestR2

50.11 occurs forLI(70). LV(30) accounts for the next-
highest amount of variance (R250.09). The corresponding
R2 is larger in the partial training set than that for the full
training set for each latency, approximately 0.13–0.15 for
wave I and wave V latencies. TheR2 for LV– I(70) is always
smaller than that for any of the wave V and wave I latencies,
which means that the YR response predicts less of the vari-
ance of the latency difference than either of the absolute
latencies.

The corresponding ABR slope coefficients are more than
an order of magnitude smaller than those for DPOAE and
TEOAE responses above 1 kHz~Table V!, consistent with
the fact that the YR response predicts less of the overall
variance of the ABR latencies. The three most important fac-
tors for predicting ABR latencies areFRHI, FYHI, and
FYMI. These are all factors encoding the mid- to high-
frequency portions of the YR response. The slope coeffi-
cients for predicting wave V and wave I latencies have simi-
lar signs, but the sign ofFRHI changes polarity for
predicting LV– I(70). Increasing high-frequency reflectance
increases wave I and wave V latencies, but slightly decreases
LV– I(70), meaning that wave I latency increases more than
wave V latency. The admittance factorsFYHI andFYMI are
of comparable or greater importance than the reflectance fac-

FIG. 2. Those factor-loading coefficients with magnitudes exceeding 0.5 are plotted as a function of YR variable type (R,V,G) and half-octave frequency for
the PCA of the full training set~including leaky ears and ears with good probe fits!. The stem height encodes the factor loading. The number above or below
each stem indicates the factor number.
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tor; at frequencies at and above 1.5 kHz, decreasing equiva-
lent volume and decreasing acoustic conductance increases
each latency and the V–I latency difference.

D. Using YR factors to classify DPOAE, TEOAE, and
ABR results

This section describes the extent to which the YR re-
sponses were able to classify EOAEs and ABRs as present or

absent. This test, which is based on a logistic regression, is
relevant to classifying ears in hearing screening tests that are
false positives on EOAE or ABR tests. The EOAE responses
were measured across frequency, and their corresponding
signal-to-noise ratios~SNR expressed as a level in dB! at
each frequency were used as dependent variables to be clas-
sified as present or absent by the YR factors. The INHI study
used the minimum EOAE SNR at 2, 3, and 4 kHz to predict

FIG. 3. Correlations of factor scores and DPOAE SPL,
and of factor scores and TEOAE SPL for each of the
seven factors in the partial training set. Only correla-
tions significantly different than zero are plotted. The
largest magnitude correlations occur for factorFRHI
~open circles! for both DPOAEs and TEOAEs. The leg-
end shows the marker type associated with each factor,
while the line style represents correlations with DPOAE
~solid lines! or with TEOAE ~dashed lines!.

TABLE IV. Factor loadings for full training set.

Frequency~kHz! FYHI-1 FYLO-2 FRLO-3 FRHI-4 FYRMI-5

Reflectance 0.25 0.055 20.137 0.817 0.207 20.035
0.35 0.051 20.133 0.928 0.138 20.018
0.50 0.068 20.075 0.948 0.059 20.037
0.71 0.075 20.030 0.935 0.036 20.155
1.00 0.053 0.062 0.709 0.001 20.542
1.40 0.053 20.070 0.404 0.258 20.791
2.00 0.033 20.121 0.111 0.654 20.585
2.83 0.028 20.061 0.047 0.901 20.159
4.00 0.021 0.086 0.127 0.842 20.010
5.66 0.076 20.067 0.104 0.900 20.105
8.00 0.049 20.068 0.176 0.750 20.002

Equiv. volume 0.25 0.137 0.824 20.196 0.014 0.031
0.35 20.001 0.935 20.169 20.042 0.071
0.50 20.118 0.935 20.141 20.040 0.051
0.71 20.136 0.929 20.113 20.062 0.101
1.00 20.060 0.918 20.057 20.114 0.154
1.40 20.887 0.393 0.007 20.118 0.019
2.00 0.991 0.071 0.049 0.012 20.059
2.83 0.974 0.112 0.043 0.083 20.076
4.00 20.998 0.037 20.028 20.019 0.014
5.66 20.998 0.032 20.030 20.024 0.014
8.00 20.998 0.030 20.033 20.024 0.013

Conductance 0.25 20.108 20.822 0.025 0.009 0.079
0.35 0.085 20.936 0.006 20.014 0.071
0.50 0.362 20.854 20.037 20.008 0.127
0.71 20.212 20.894 20.093 20.025 0.170
1.00 0.100 20.774 20.168 20.014 0.455
1.40 20.198 20.408 20.039 20.268 0.658
2.00 0.989 20.067 0.052 20.042 0.031
2.83 0.990 20.078 0.059 20.035 20.026
4.00 20.991 20.015 20.007 20.040 0.007
5.66 20.998 0.028 20.026 20.025 0.015
8.00 0.998 20.028 0.038 0.023 20.011
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auditory status as defined by the pure-tone audiograms at 2
and 4 kHz ~Norton et al., 2000b!. To address the clinical
issue of whether middle-ear functioning influences EOAE
responses in NHS programs, this broadband EOAE SNR
variable was also selected as a dependent EOAE variable.

Using the training set, the YR factors were used to pre-
dict whether DPOAE and TEOAE responses were present or
absent based on a threshold SNR criterion. Each SNR was
defined in accordance with the methodology of the INHI
Study. Specifically, the mean noise level was used for
TEOAE measurements, whereas the noise plus 2 standard
deviations was used to calculate DPOAE SNR. To control
for EOAE type and test frequency, the threshold of each
EOAE SNR was selected to achieve 80% specificity, i.e., the
threshold was selected for which 80% of responses equaled
or exceeded the threshold, and 20% of responses did not.
This criterion was not practical for the EOAE responses at 1
kHz, because the SNR was zero for too many cases—in the
partial training set, 515 of 1274 ears had SNR50 for
DPOAEs, and 543 of 1274 ears had SNR50 for TEOAEs.

Thus, the criterion for the EOAE responses at 1 kHz was
SNR50 for absent EOAEs, and SNR.0 for present
EOAEs. Except for 1 kHz, the constraint of fixing the speci-
ficity at 80% allowed a consistent comparison across fre-
quency and EOAE type.

Using the training set, the YR factors were used to pre-
dict whether an ABR response was present based on a thresh-
old Fsp value selected so that 80% of responses were clas-
sified as present, and the remaining responses as absent. This
facilitated comparisons between YR classifiers of EOAEs
and ABRs. This same criterion of 80% specificity in the
DPOAE, TEOAE, and ABR tests was used in the INHI
project to compare their predictions of auditory status~Fig.
10 of Nortonet al., 2000b!, although for a larger set of ears.
This is in spite of the fact that a 80% specificity is too low
for practical hearing screening program.

The independent variables in each logistic regression
were the YR factors in the full and partial training sets. A
logistic regression was used to predict each SNR orFsp as
present or absent based on a logit function defined as a linear

FIG. 4. The total variance accounted for (R2) by the multiple regression analyses on the factors is plotted for the full training and validation sets~left column!,
and the partial training and validation sets~middle column!. The difference in the total variances accounted for between the partial and full training sets, and
the difference between the partial and full validation sets are plotted~right column!. The solid lines denote training set analyses, and the dashed lines denote
validation set analyses. The top row showsR2 for DPOAE SPL as the dependent regression variable, and the middle row showsR2 for TEOAE SPL as the
dependent regression variable, both functions across frequency for the dependent variables. The bottom row showsR2 for the ABR latencies as dependent
regression variables as defined on the bar graphs by the ordinate labels for the training and validation sets.
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combination of YR factors. The classification of the logit
predictor was assessed by calculating the nonparametric area
under the relative operating characteristic~ROC! curve,
which is sometimes denoted for brevity as the ‘‘ROC area.’’
Nonparametric tests of significance were based on the stan-
dard error of the area under the ROC curve~Cleves, 2000;
DeLonget al., 1988!.

The results of two approaches were compared to assess
classification of the broadband EOAE responses. Themulti-
frequency logitused the YR factors as independent variables
to classify the broadband SNR variable described above
~minimum EOAE SNR at 2, 3, and 4 kHz!. A logistic regres-
sion was performed on this dependent variable. The second
approach defined aminimum logitas the minimum of the
three single-frequency logit functions that were calculated at

2, 3, and 4 kHz, and used this minimum logit to predict the
broadband EOAE SNR. In this approach, no additional lo-
gistic regression was performed. The expectation was that
the multifrequency logit would outperform the minimum
logit as a classifier, because it used an explicit logistic regres-
sion over the broadband dependent variable. Use of the mini-
mum logit tested the extent to which single-frequency logits
can be combined to form a broadband predictor.

For classifying DPOAE and TEOAE responses, the
ROC areas increase with increasing frequency from values
near 0.62–0.66 at 1 kHz to 0.74–0.78 at 4 kHz~Fig. 5!. The
ROC areas for DPOAE and TEOAE responses are generally
similar. The broadband ROC areas of the multifrequency and
minimum logits vary slightly by EOAE type; e.g., they range
in the partial sets from 0.77–0.79 for DPOAEs and 0.73–

FIG. 5. The areas under the ROC curve, which are
based on the logit functions predicting the DPOAE~top
row! and TEOAE~bottom row! responses from the YR
factors, are plotted for the full training and validation
sets~left column solid line and dashed line curves, un-
filled markers!, and the partial training and validation
sets ~right column solid line and dashed line curves,
unfilled markers!. The filled markers show the area un-
der the ROC curve~and standard error as error bar! for
the multifrequency logit and minimum logit functions
to predict DPOAE~top row! and TEOAE~bottom row!
responses in the 2–4-kHz bandwidth. The standard er-
ror of the area under the ROC curve is shown as an
error bar~6standard error! on the training and valida-
tion set curves.

TABLE V. Linear regression coefficients for partial training set that are significantly different from 0. Coeffi-
cients withp,0.01 are in bold or withp,0.05 are in normal font.

FYLO-1 FRHI-2 FYHI-3 FYRMI-4 FY7k-5 FRLO-6 FYMI-7

DPOAE
f ~kHz!

1.0 0.85 20.51 0.64 0.82
1.5 1.02 À1.72 2.06 1.05 20.47
2.0 0.81 À2.87 1.92 1.01
3.0 0.51 À3.82 0.74 1.41 0.78 1.57
4.0 À4.76 0.53 2.17 1.05 2.18

TEOAE
f ~kHz!

1.0 À0.64 0.82
1.5 0.41 À1.32 0.64 0.72 0.55 À0.61
2.0 À2.23 0.54 1.25 0.70 0.64
3.0 À3.36 1.45 0.86 1.45
4.0 À4.22 1.38 0.45 1.57

ABR
Type
LV(30) 20.03 0.12 À0.12 20.03 À0.12
LV(70) 20.03 0.04 À0.12 À0.10
LI(70) 0.07 À0.02 À0.02 À0.03
LV– I(70) 20.03 À0.10 À0.07
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0.74 for TEOAEs~note that Fig. 5 shows only the broadband
ROC areas for the validation set, which are slightly less than
those for the training set!. The standard errors range from
0.015 to 0.023 across all EOAE responses in the training set.
There is no significant difference between the areas of the
multifrequency and minimum logits for any condition. Thus,
both predictors have similar classification ability. The broad-
band ROC areas exceed the single-frequency ROC areas at 2,
3, and 4 kHz for DPOAEs, but tend to be less than the
single-frequency ROC areas for TEOAEs.

The relation of the logit function to the underlying fac-
tors is summarized in Table VI for the case of the multifre-
quency logit functions used to classify the broadband EOAE
responses. The slope coefficientb in the logistic regression
logit function is shown in the table for each factor, and the
corresponding odds ratio is calculated as exp(b). While all
seven factors were used in the logit function to calculate
ROC areas, only those slope coefficients with a Waldp value
,0.05 are shown. The odds ratio is defined as the ratio of the
odds of predicting an absent EOAE for a unit change in its
factor to the odds of predicting an absent EOAE in the con-
trol condition without the unit change~Hosmer and Leme-
show, 2000!. A unit change in each factor corresponds to a
change of 1 standard deviation in that factor since each factor
score is normalized. Such a unit change amounts to a sub-
stantial step change in terms of the full distribution of re-
sponses. Thus, for positive slope coefficients, a factor with
an odds ratio much larger than 1 is an important predictor of
an absent EOAE, and a factor with an odds ratio much
smaller than 1 is an important predictor of a present EOAE.
The relation is inverted for negative slope coefficients. Fac-
tors with odds ratios close to 1 are minor contributors to the
predictor. To simplify interpretation, Table VI also lists the
inverse odds ratio~1/odds ratio!. For DPOAEs, the most im-
portant factor isFRHI ~odds ratio of 2.44!. The 95% ranges
of the remaining factors overlap, but in rank order the next
two most important variables areFYRMI ~inverse odds ratio
of 1.84! andFYLO ~inverse odds ratio of 1.40!. The results

for TEOAEs are similar with respect to the slope coefficients
and odds ratios.

For classifying ABRs as present or absent, the corre-
sponding areas under the ROC curve are only 0.58 for both
partial and full sets, with standard errors of 0.020. These
areas demonstrate relative poor performance in using YR
responses to classify the ABR response. The significant fac-
tors in the ABR predictor areFRHI ~odds ratio 1.33! and
FYRMI ~inverse odds ratio 1.27!.

The poor classification performance of the YR factors on
ABR Fsp appears to contrast with the results described ear-
lier in which the YR factors accounted for significant frac-
tions of the variance in the ABR latencies. This issue was
investigated further for the partial set by assessing the clas-
sification performance of the YR factors on ABRLV(70).
This latency was selected because it is the least influenced by
noise. Middle-ear dysfunction increases the latency of
wave-V, mainly by attenuating the forward transmission of
stimulus energy through the middle ear. If there is middle-ear
dysfunction and if the YR factors are sensitive to middle-ear
functioning, then the YR factors should predict whether
LV(70) is larger than some threshold latency, which is de-
fined as the criterion for dysfunction.

A confounding effect is thatLV(70) decreases with in-
creasing conceptional age~CA! ~Gorga et al., 1987!. This
confound was addressed by including the variation in thresh-
old latency with CA. The responses were sorted by CA, and
grouped into nine categories with equal numbers~140! of
responses. The 80th percentile ofLV(70) was calculated
within each category and used as the threshold duration. For
a given CA, ifLV(70) exceeded its 80th percentile, then the
ABR was classified as ‘‘absent,’’ otherwise the response was
‘‘present.’’ If it was impossible to estimate a latency, the
response was discarded from the analysis. The observed
variation in the meanLV(70) across CA is in accord with the
results of Gorgaet al. ~1987!, obtained at click stimulus lev-
els of 60 and 80 dB HL. The meanLV(70) is 7.64 ms at a
mean CA of 34 weeks~CA range 31.7–35.1 weeks!, and

TABLE VI. Significant logistic regression coefficients and odds ratios for partial training set. Wald coefficientsp,0.01 are in bold or withp,0.05 are in
normal font.

FYLO-1 FRHI-2 FYHI-3 FYRMI-4 FY7k-5 FRLO-6 FYMI-7

DPOAE: Multifrequency logit
f ~kHz!
Slope coefficient À0.34 0.89 0.19 À0.61 À0.23
Odds ratio 0.71 2.44 1.21 0.54 0.80
Inverse odds ratio 1.40 0.41 0.83 1.84 1.26
95% range of odds ratio 0.61–0.83 2.09–2.86 1.04–1.42 0.46–0.64 0.68–0.93

TEOAE: Multifrequency logit
f ~kHz!
Slope coefficient À0.30 0.90 À0.49 20.16 20.21 À0.34
Odds ratio 0.74 2.47 0.61 0.85 0.81 0.71
Inverse odds ratio 1.35 0.41 1.64 1.17 1.24 1.41
95% range of odds ratio 0.64–0.88 2.12–2.87 0.52–0.72 0.73–0.99 0.69–0.95 0.60–0.84

ABR: Logit
Slope coefficient 0.29 À0.24
Odds ratio 1.33 0.79
Inverse odds ratio 0.75 1.27
95% range of odds ratio 1.18–1.51 0.69–0.90
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decreases to 6.84 ms at mean CA of 48 weeks~CA range
44.3–53.3 weeks!. The 80th percentile ofLV(70), which is
the threshold latency for dysfunction, is 7.99 ms at 34 weeks,
and decreases to 7.09 ms at 48 weeks. It should be noted that
the presence of age effects was examined in other analyses of
YR, EOAE, and ABR responses, but was not found to be an
important variable beyond the ones discussed in this report.

The latencyLV(70) was classified on the partial training
set using a logit function withFYLO-1, FRHI-2, andFYMI-7
as significant factors. The corresponding ROC area is 0.64,
which is larger than that for classifying theFspas present or
absent.

E. Test of generalization

Generalization was assessed on both the linear and lo-
gistic regression analyses between the training and validation
sets. Summarizing the analysis steps thus far, the PCA of the
YR responses was performed on the training set and the fac-
tors obtained were used as independent variables in multiple
linear regressions to predict dependent variables drawn from
the DPOAEs, TEOAEs, and ABRs. These regressions were
performed on the same training set for which the factors
were defined. Each PCA provided factor loadings defining
each factor as a linear combination of YR variables. Each
regression analysis provided regression coefficients defining
each predictor variable as a linear combination of the factors.

To test how these linear regression analyses generalize
to the validation data set, a twofold process is necessary to
calculate both the new factors and the new predictor vari-
ables. The factor loadings derived from the PCA on the train-
ing set~as illustrated in Figs. 1 and 2 for the most important
loadings, and listed in Tables II and IV for all loadings! were
used to calculate the factors on the validation set. No PCAs
were performed on the validation set. The regression coeffi-
cients derived from the multiple regression analyses on the
training set~for which the significant coefficients are listed in
Table V for the partial training set! were used to calculate the
predictor variables of DPOAEs, TEOAEs, and ABRs on the
validation set. No multiple linear regressions were performed
on the validation set. Both the factor loadings and the regres-
sion coefficients must generalize to the new data set in order
for the predictor to be considered robust. The relative vari-
ance accounted forR2 in the validation set is calculated
based on the sum of squares of errors between the predictor
variable, as calculated above, and the observed data. The
extent to which the predictors from the training set general-
ize to the validation set is assessed by the extent to whichR2

is in agreement for the two data sets.
The results in Fig. 4 show excellent generalization for

both full and partial sets in predicting DPOAE and TEOAE
levels, and excellent generalization for predicting ABR laten-
cies. In most cases, theR2 values are similar between the
validation and training sets, while, in some cases, theR2 for
the validation set exceeds that for the training set. This
means that the factor loadings defined on the YR training set
are equally applicable to the YR validation set, and that the
relationships between YR responses and EOAE/ABR results
generalize to novel data.

To test how the logistic regression analyses generalize to
the validation data set, a similar twofold process is used. The
factor loadings are calculated for the validation set as de-
scribed above. The logit regression coefficients derived from
the logistic regression analyses on the training set are used to
calculate the logits of DPOAEs, TEOAEs, and ABRs on the
validation set~some of these coefficients are listed in Table
VI for the multifrequency logit of the EOAE partial training
sets, and the ABR partial training set!. Thus, no logistic re-
gressions were performed on the validation set. The perfor-
mance of the logit functions on the validation set is calcu-
lated in terms of the area under the ROC curve and compared
to performance on the original training set for both full and
partial subsets of responses.

For classifying DPOAE and TEOAE responses in the
validation set, the ROC areas tend to increase with increas-
ing frequency from values near 0.59–0.66 at 1 kHz to 0.74–
0.78 at 4 kHz~Fig. 5!. The ROC areas for the validation and
training sets are similar from 1–1.5 kHz, but the ROC areas
for the TEOAE validation sets may be smaller than those for
the TEOAE training sets at 3 kHz. The broadband ROC areas
of the multifrequency and minimum logits may be larger for
DPOAEs than TEOAEs; e.g., they range from 0.77–0.79 for
DPOAEs and 0.73–0.74 for TEOAEs~Fig. 5!. The broad-
band ROC areas are slightly larger than the single-frequency
ROC areas for DPOAEs, but the broadband and single-
frequency ROC areas are similar for TEOAEs~based on
comparisons on the validation sets!. EOAEs are classified by
the YR response at least as well across a bandwidth of fre-
quencies as compared to single frequencies.

The dependent variables used in classifying ABR re-
sponses were theFspvalue andLV(70). Both variables were
used becauseFspwas the primary ABR variable in the INHI
study for determining whether a response was present or ab-
sent, andLV(70) was chosen because the YR factors per-
formed relatively well in linear regressions predicting this
latency as described earlier. The areas under the ROC curve
for classifyingFspare only 0.54 for the partial validation set
and 0.56 for the full validation set, with standard errors close
to 0.020. These areas demonstrate performance not much
larger than chance levels in using YR responses to classify
whether an ABRFspresponse is present or absent. The areas
under the ROC curve for classifyingLV(70) are 0.64 for the
partial validation set, the same area as for the training set.
The YR response weakly classifies ABR latencies in a man-
ner that generalizes to a new data sample.

In summary, the ability of YR responses to classify
EOAE responses generalized well in both linear and logistic
analyses. The ability of YR responses to classify ABR re-
sponses generalized in a meaningful way only for latency
responses, and not forFsp responses.

F. Comparison of full and partial sets

Analyses were performed on both full and partial data
sets, with the latter defined in order to examine the influence
of excluding those ears with leaky probe fits. Independent
PCAs were described for both full and partial data sets, with
seven factors obtained for the partial set~Tables I and II! and
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five factors obtained for the full set~Tables III and IV!. The
results from the linear and logistic regressions show differ-
ential effects in the full and partial sets.

The R2 was calculated in the linear regressions for the
full and partial sets of EOAEs, and the difference in variance
DR25R2(partial)2R2(full) is plotted in Fig. 4 ~top and
middle rows, right column!. While the trends with frequency
are similar in both the full and partial training sets,DR2 is
always positive, meaning that more variance is accounted for
in the partial training set. This observation is consistent with
additional noise being present in those ears with leaky probe
fits that were included in the full training set. The effect is
robust in generalizing to a new sample population for both
DPOAEs and TEOAEs.

The DR2 is positive for all ABR latencies~Fig. 4, bot-
tom right plot!, which is interpreted in regard to the con-
founding effect of leaky probe fits in the same manner as for
EOAEs. However, the relative change in the explained vari-
ance ofLV(70) is 0.11, which is a larger change than that for
other EOAE or ABR variables.

The logistic regressions to test the performance of the
YR factors in classifying EOAE and ABR responses were
also performed for both full and partial sets. The ROC areas
for the full and partial sets are similar for EOAE responses
~Fig. 5!.

In summary, the YR factors are better predictors of the
EOAE levels in the partial set than the full set. The classifi-
cation performance is similar for classifying EOAEs in the
partial and full sets.

IV. DISCUSSION

The YR response is an input frequency response mea-
surement at a probe location in the ear canal. As described in
the Introduction, inter-ear variations in this response indicate
inter-ear variations in how the middle ear and ear canal re-
ceive, absorb, and transmit sound energy. The structure of
the YR response, viewed as an overall response pattern, pro-
vides indirect information on middle-ear transmission to the
extent that it is able to predict inter-ear variations in EOAE
levels and ABR latencies.

A. Principal component analyses

It is important to determine the number of independent
variables comprising the original YR response, because a
reduced number of variables simplifies subsequent analyses.
The PCA determines that 5–7 factors, or orthogonal vari-
ables, are sufficient to capture most of the variance in the 33
variables of the YR response—84% of the variance in the
partial training set and 88% in the full training set~Tables I
and III!. The raw data in the INHI project were spectral
measurements of the YR response at frequency bins more
narrowly spaced than a half-octave. In the INHI project, av-
eraging within each half octave was judged sufficiently nar-
row in frequency to capture the essential features of the YR
response, minimize the overall data storage requirements in
the project database, and limit the number of variables that
might be used in subsequent analyses. The usefulness of the
half-octave spacing is confirmed by the observation that
most factors have a bandwidth composed of a number of

contiguous half-octaves over which the factor loadings are
large ~Figs. 1 and 2!. The sufficiency of half-octave spacing
has also been confirmed by the PCA results of Leviet al.
~1998! in adult normal-hearing ears, in which the inputs to
the PCA were 1/12th-octave YR responses. It might be pref-
erable to calculate the factors with PCA using such a finer
suboctave spacing; the resulting retained factors would be
expected to be approximately the same in number, but their
factor loadings would be calculated with improved accuracy.

The factors for the full training set contain a factor en-
coding information about probe fit. Given that a large nega-
tive V at low frequencies~0.25–1 kHz! can be used as a
criterion for excluding leaky ears~Keefe et al., 2000!, the
factor FYLO should classify leaky ears equally well. This
hypothesis is supported in the full training set in the correla-
tions betweenFYLOandV at low frequencies~0.25–1 kHz!,
which range from 0.88 to 0.92 with a mean of 0.90. No other
correlation coefficient magnitude exceeds 0.18 between any
other factor andV at frequencies up to 1 kHz. This is not
surprising because the factor loadings ofFYLO for V ~Fig. 2!
take the form of a low-pass filter up to 1 kHz, and the probe-
fit criterion is based on the averageV up to 1 kHz. Results
show thatFYLO correctly classifies the ears with respect to
probe fit with an area under the ROC curve of 0.995.

This suggests thatFYLO in the full training set may be
dominated by the quality of the probe fit; there remain four
other factors to assess middle-ear functioning, but these fac-
tors may also be influenced by probe fit. In contrast, with the
exclusion of the ears with leaky probe fits, all seven factors
in the partial training set describe variations in ear canal and
middle-ear functioning. In this sense, they may provide a
better representation of middle-ear functioning than the cor-
responding factors calculated on the full training set.

Some factors are similar in both full and partial training
sets. The three factors that are relatively consistent in terms
of the YR variance accounted for in the partial and full train-
ing sets~see Tables I and III! are strongly loaded on low-
frequency admittance~FYLO!, low-frequency reflectance
~FRLO!, and high-frequency reflectance~FRHI!. FYLO in
the partial training set assesses ear-canal and middle-ear
functioning, andFYLO does so in the full set in those ears
with an adequate probe fit. It is expected that tympanometric
responses measured clinically at frequencies from 0.226–1
kHz should be closely related toFYLO, because both are
low-frequency admittance responses. ThatFYLO and FRHI
are independent in the training sets, and nearly so in the
validation sets, means that a measurement of energy reflec-
tance in the frequency range 2–8 kHz, which overlaps the
most clinically useful frequency range of EOAE measure-
ments, gives an assessment of middle-ear functioning that is
qualitatively different from a measurement of a low-
frequency admittance response. Information on middle-ear
functioning contained inFRHI may not be duplicated in tym-
panometric measurements. The importance ofFRHI in the
linear and logistic regressions is evidence that the YR test
provides useful information on middle-ear functioning in
neonates. Because ear-canal effects in neonates are probably
localized to lower frequencies~Keefe, 1993! in a testing
bandwidth up to 8 kHz, it may be appropriate to interpret
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FRHI as a measure of middle-ear transmission.
The fact that high-frequency admittance scores quanti-

fied by FYHI are much more variable in the full than the
partial training set is probably due to added noise, in the
sense that the variability encodes information about quality
of probe fit rather than about middle-ear functioning.

B. Correlation analyses

The correlation analyses on the training set at frequen-
cies in the range 2–4 kHz show a relationship between
EOAE levels and reflectance~FRHI! that is stronger than the
correlations with other YR factors and consistent across
middle and high frequencies. This supports the hypothesis
that forward transmission of energy from the ear canal to the
cochlea is reduced by increased energy reflectance in this
frequency range~Keefe et al., 1993!. It also supports the
hypothesis that reverse transmission from the ear canal to the
cochlea is reduced by increased reflectance. These correla-
tions are similar for DPOAEs and TEOAEs. High-frequency
reflectance~FRHI!, and mid- and high-frequency admittance
~FYMI, FYHI!, are the most important factors in the correla-
tions with ABR latencies, with the general trend that ABR
latencies increase with increasing reflectance and decreasing
admittance magnitude~Table V and Fig. 1!. This observation
may be consistent with the view that click-evoked ABRs
correlate with audiometric thresholds at 2–4 kHz, and that
click-evoked ABR latencies are dominated by responses
coming from the high-frequency region of the cochlea
~Jerger and Mauldin, 1978; Gorgaet al., 1985a; Gorgaet al.,
1985b; van der Driftet al., 1987!. Increased latencies sug-
gest that less energy is reaching the cochlea, consistent with
the increased energy reflectance at high frequencies.

A scatter plot of TEOAE level versusFRHI ~Fig. 6!,
along with the regression line of TEOAE level onFRHI,
shows the inverse relationship of high-frequency reflectance
and TEOAE level expressed by their negative correlation
~see Fig. 3!. The distribution of TEOAE level for many ears
with low reflectance~negativeFRHI! is probably indicative
of ears with normal middle-ear functioning. The remaining
distribution of TEOAE levels around the regression line is
due to variables unrelated to ear-canal and middle-ear status,
at least as can be explained byFRHI. Similar remarks apply
to the relationship between DPOAE level andFRHI.

C. Linear regression analyses

The multiple linear regression analyses were comple-
mentary to the correlation analyses, and were used to assess
the role of all the YR factors in accounting for the variability
in EOAE and ABR results across subjects. The multiple lin-
ear regressions calculated theR2 in the EOAE levels and
ABR latencies by the YR factors. The EOAE results show
that ~ear-canal and! middle-ear functioning account for as
much as a quarter of the variation in observed EOAE levels
in neonatal ears. Therefore, three quarters, or more, of the
variation in observed EOAE levels in neonatal ears is due to
effects other than those aspects of ear-canal and middle-ear
functioning encoded by the YR response. Analogous results
have been obtained, but are not described in detail, for re-

gressions on EOAE SNR. TheR2 plots are similar between
DPOAE and TEOAE levels at each frequency, suggesting
that the role of the middle ear on both EOAE types is similar.
The tendency for increasingR2 with increasing frequency is
due not only to the decreased influence of noise on the
EOAE levels at higher frequencies, but also includes an in-
creased predictive component in the YR response on forward
and reverse middle-ear transmission.

The reason for including ABR latenciesLI(70), LV(70),
and LV(30) in the linear regressions is that the absolute la-
tencies may include a peripheral ear-canal and middle-ear
component, whereas the I–V latency differenceLV– I(70)
may not. Thus, the YR factors may account for part of the
variance in the absolute latencies, but may account for very
little of the I–V latency difference. The present results are
consistent with this hypothesis insofar as theR2 for LV– I(70)
is slightly smaller than theR2 for LI(70) andLV(70) ~Fig.
4!. The results are not consistent with this hypothesis in that
the R2 for LV– I(70) is approximately 0.10~e.g., for the par-
tial validation set! rather than zero. Concerning the stimulus
level effect,R2 for LV(70) andLV(30) in both the partial and
full training sets are similar. Obviously, reverse transmission
from the cochlea to the external ear plays no role in ABR
latencies. Thus, these results support the theory that the YR
factors encode information on forward transmission from the
ear canal to cochlea. The regression coefficients in Table V
show that wave V and wave I latencies increase with increas-
ing high-frequency reflectance, and decreasing mid- and
high-frequency equivalent volume and conductance. The la-
tency differenceLV– I(70) increases with decreasing high-
frequency reflectance and decreasing mid- and high-
frequency equivalent volume and conductance, with these
admittance variables as the more important contributors. To
refine this hypothesis, even though the middle ear is common
to both wave I and wave V latencies, their latency difference
@LV– I(70)# may be sensitive to middle-ear functioning if the
rate of change of absolute latencies with input cochlear level
differs between wave I and wave V. This view is consistent
with the present results, but the detailed relationships be-
tween forward transmission, which controls the input co-

FIG. 6. The scatter plot of TEOAE SPL~dB! andFRHI ~dimensionless! for
each ear in the training set. The linear regression of TEOAE SPL onFRHI
is also shown.
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chlear level, and each of the factorsFRHI, FYHI, andFYMI,
are unknown.

Differences in the YR regression coefficients~in Table
V! in predicting EOAE and ABR results provide information
on those factors important for both forward and reverse
middle-ear transmission~EOAE! as compared to those for
forward transmission alone~ABR!. FYMI and FYHI are
more important thanFRHI in predicting ABR latencies@es-
pecially LV(70)] as compared to their relative role in pre-
dicting EOAE levels. This is consistent with a more impor-
tant role for mid- and high-frequency admittance in
predicting forward middle-ear transmission than in predict-
ing reverse middle-ear transmission. As previously de-
scribed,FRHI is the dominant factor in predictions of EOAE
levels ~at and above 2 kHz!, which suggests thatFRHI is a
predictor of reverse middle-ear transmission.FRHI is present
in the predictors of forward middle-ear transmission~i.e.,
ABR latencies!, but it accounts for less variance, on average,
than the admittance factors~FYHI, FYMI!. Because the ear
canals are so small relative to the scale of acoustic wave-
lengths, ear-canal standing wave effects on YR responses are
minimal in neonates in the frequency range of these mea-
surements. This would not be the case in corresponding YR
measurements in adult ears over the same frequency range.

D. Classification of EOAEs and ABRs

In the analyses classifying the EOAE responses as
present or absent at a single frequency~above 1 kHz!, the
areas under the ROC curve range from 0.71–0.79 for the
training sets, and from 0.68–0.79 for the validation sets~Fig.
5!. This demonstrates the extent to which a test of ear-canal
and middle-ear response predicts whether a frequency-
specific EOAE response is present or absent. The most im-
portant factor in the predictor isFRHI, which heavily
weights the reflectance at frequencies in the same range as
the EOAEs ~Table VI!. The corresponding odds ratios of
FRHI are 2.44 for classifying DPOAEs, and 2.47 for classi-
fying TEOAEs. An odds ratio of 2.47 means that if theFRHI
increases by 1 standard deviation with respect to its underly-
ing distribution of responses, the probability~i.e., odds! that
a TEOAE response will be absent increases by 2.47. Both the
mean and standard deviation of energy reflectance in the
range 2–4 kHz are approximately equal to 0.2, so that an
energy reflectance close to 0.4 would more than double the
odds that an EOAE response is absent. It was shown in the
INHI study that infants with cleft lip or palate had higher
energy reflectance~Keefeet al., 2000!. This pathology is as-
sociated with increased risk of middle-ear dysfunction,
which is consistent with the present results. This also pro-
vides data relative to the problem of false positives in EOAE
testing. The high odds ratio onFRHI implies that an ear with
high reflectance in the 2–4-kHz range is more likely to have
middle-ear dysfunction. While this odds ratio does not take
into account the actual hearing status of the ear, i.e., whether
or not there exists a hearing loss, the prevalence of hearing
loss in the test population was low~approximately 1.6%!.
This prevalence in the test sample exceeds the prevalence in
the general population due to the effort to recruit impaired

ears into the INHI study. With so few ears with hearing loss,
absent EOAEs might be interpreted as false positives.

In the partial-set analyses classifying the single-
frequency EOAE responses in the frequency range 2–4 kHz,
the ROC areas lie between 0.69 and 0.79, and for multifre-
quency predictors across the same frequency range, the ROC
areas lie between 0.73 and 0.79. These results suggest that it
may be possible to construct a test of ear-canal and middle-
ear functioning for use in hearing screening programs. If one
were to observe abnormal YR results and absent EOAEs—
i.e., an ear for which the YR response correctly predicts an
absent EOAE—then one might consider the cause of the
failure to be related to middle-ear energy transmission, either
forward or reverse, or both. Thus, one might gain insight into
the causes for referral rates in typical screening populations
that are more than an order of magnitude greater than the
incidence of hearing loss. While this information would be
useful from a counseling perspective, it would still be nec-
essary to retest the infant in order to determine whether sen-
sorineural hearing loss exists. These ideas are further devel-
oped in a companion paper~Keefeet al., 2003!.

The multifrequency predictors~multifrequency and
minimum logits! showed similar performance. This demon-
strates that single-frequency predictors over a range of fre-
quencies can be combined into a multifrequency predictor.

Based on theFsp at 30 dB ~nHL!, the YR factors are
poor classifiers of ABRs in the training set. Based on the
latencyLV(70), the YR factors have some ability to classify
responses as having latencies in the normal range. These
observations suggest that the ABR latencies contain more
information relevant to middle-ear status than do ABRFsp
responses.

E. Generalization

The performance of the YR factors as predictors of
EOAEs and ABRs, and as classifiers of responses as present
or absent, generalized well. TheR2 in the multiple linear
regressions predicting EOAE level is similar for the training
set, on which the factors are calculated, and the validation
set, on which generalization was assessed~Fig. 4!. In particu-
lar, the importance of high-frequency reflectance in predict-
ing EOAE responses, and ABRs to a lesser extent, general-
ized to a new sample population of neonatal ears. In
comparing DPOAE and TEOAE classification performance
across frequency in the validation set~by comparing top and
bottom rows of plots in Fig. 5!, the YR factors classify
DPOAE responses about equally well across frequency,
while they classify TEOAE responses better at 3 and 4 kHz.
The DPOAE predictors generalized better than the TEOAE
predictors in the sense that there tended to be larger reduc-
tions in the TEOAE validation set compared to the TEOAE
training set than for the corresponding DPOAE sets.

The performance of the YR factors in predicting and
classifying ABR responses was similar in the training and
validation sets. This suggests that the relatively smallR2

values in predicting ABR latencies, and small ROC areas in
classifying ABR latencies, are nonetheless evidence for rela-
tionships between ABRs and differences in middle-ear for-
ward transmission.
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It should be noted that this test of generalization is not as
strong as one might wish, insofar as the two sample popula-
tions were largely composed of opposite-ear data from the
same population of subjects. A stronger case would have
been made if the data came from independent samples of
subjects. Nevertheless, any failure of test generalization
would have suggested that the observed relationships be-
tween YR and other variables might have been a statistical
artifact. No such failure of generalization was observed,
lending confidence in the validity of the observed relation-
ships.

F. Effect of probe seal

The INHI study demonstrated that slightly more than
10% of YR responses showed evidence of poor probe fit.
Leaks were observable in the YR response even in ears that
passed the probe-fit test associated with TEOAE measure-
ments~Keefe et al., 2000!. It is unknown whether a leaky
probe fit in the YR test on a given ear was always associated
with a leaky probe fit in the EOAE and ABR tests, because
probe fit may not have remained constant throughout the
various tests. Nevertheless, it is reasonable to assume that a
leaky probe fit in the YR test made it more likely that the
corresponding EOAE and ABR tests also had leaky probe
fits. The relationships between a test of ear-canal and middle-
ear status, and a test of cochlear or neural status, might be
more apparent in a sample population that excluded those
ears that were likely to have probe-fit problems. This was the
rationale for present analyses using the partial data set, and
for the analyses on the corresponding subset of ears in Keefe
et al. ~2000!. The YR test of probe fit was based on the
low-frequency YR response, because the high-frequency YR
responses shifted by smaller amounts than low-frequency re-
sponses in the presence of leaks that were systematically
introduced. This trend is evident in Fig. 1 of Keefeet al.
~2000!, in which the effect of a large leak is illustrated, in
that some of the structure of the YR response above 4 kHz is
preserved. It may be that relationships involving high-
frequency YR factors are less sensitive than low-frequency
factors to probe leaks for the present dependent variables
~EOAEs and ABRs!. This may explain the performance of
FRHI in predicting EOAEs in both full and partial sets.

For predicting EOAE level, theR2 was larger for the
partial sets than the corresponding full sets in both the train-
ing and validation sets~Fig. 4, right column!, demonstrating
that the relationships between ear-canal and middle-ear func-
tioning and EOAE responses are stronger in the sample for
which all ears had an adequate probe fit. This confirms ex-
pectations because the partial sets have YR factors that as-
sess ear-canal and middle-ear functioning, uncontaminated
by probe-fit issues including increased noise. The factor
FYLO in the full training set classifies ears as having a leaky
probe fit with an ROC area of 0.995. For the subset of ears
with an adequate probe fit, i.e.,;90% of ears in the full set
and ;100% in the partial set,FYLO measures the low-
frequency admittance of the ear. In classifying EOAE SNR,
the ROC curves are similar across all frequencies in the full
and partial sets~Fig. 5!. This means that, regardless of probe
fit, the YR response is able to classify an EOAE response.

This may be related to the observation that high-frequency
reflectance is more insensitive to probe fit than the YR re-
sponse at lower frequencies.

The YR predictors of ABRLV(70) responses have larger
R2 in the partial versus the full training sets, and in the
partial versus the full validation sets~Fig. 4!. Thus, the YR
responses are better predictors for ears with adequate probe
fit. For the partial sets in predictingLV(70), the significant
factors, listed in order of decreasing magnitude of regression
slope coefficient, are:FYHI ~20.117!, FYMI ~20.101!,
FRHI ~0.041!, andFYLO ~20.028!. Thus,LV(70) increases
with decreasing equivalent volume and conductance at both
high and middle frequencies, and increasing reflectance at
high frequencies. Because the dependence onFYLO is weak,
this suggests the hypothesis that tympanometry below 1.4
kHz, which also is a low-frequency admittance measure-
ment, would be a weak predictor of ABRLV(70). This is
consistent with the preceding discussion of the importance of
high-frequency stimulus energy to the interpretation of ABR
latencies.

V. CONCLUSIONS

The YR responses measured in a large sample of neo-
nates contain approximately 5–7 independent degrees of
freedom, or factors. Among these factors, one based on the
energy reflectance at high frequencies is inversely correlated
to EOAE signal levels~including DPOAEs and TEOAEs!.
The YR factors can account for more than a quarter of the
total variance of EOAE levels. The remaining three-quarters
of the total variance of EOAE levels is due to variability in
cochlear generation of EOAEs and/or variability in forward
and reverse middle-ear transmission that is not described by
the YR factors. The latter variability may arise because the
YR response does not directly assess forward and reverse
transmission. The YR factors classify EOAE responses as
present or absent with areas under the ROC curve on the
order of 0.69–0.79. The YR factors perform less well at clas-
sifying ABR wave-V latencies~ROC area of 0.64!, and they
classify ABRFsp poorly ~ROC area of 0.56!. These results
quantify the extent to which YR measurements of middle-ear
functioning account for the structure of EOAE and ABR re-
sponses. The ability of the YR response to predict and clas-
sify EOAEs and ABRs is evidence that the YR response is
sensitive to forward and reverse transmission through the ear
canal and middle ear.
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Ear-canal acoustic admittance and reflectance measurements
in human neonates. II. Predictions of middle-ear
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This report describes relationships between middle-ear measurements of acoustic admittance and
energy reflectance~YR! and measurements of hearing status using visual reinforcement audiometry
in a neonatal hearing-screening population. Analyses were performed on 2638 ears in which
combined measurements were obtained@Norton et al., Ear Hear.21, 348–356 ~2000!#. The
measurements included distortion-product otoacoustic emissions~DPOAE!, transient evoked
otoacoustic emissions~TEOAE!, and auditory brainstem responses~ABR!. Models to predict
hearing status using DPOAEs, TEOAEs, or ABRs were each improved by the addition of the YR
factors as interactions, in which factors were calculated using factor loadings from Keefeet al. @J.
Acoust. Soc. Am.113, 389–406~2003!#. This result suggests that information on middle-ear status
improves the ability to predict hearing status. The YR factors were used to construct a middle-ear
dysfunction test on 1027 normal-hearing ears in which DPOAE and TEOAE responses were either
both present or both absent, the latter condition being viewed as indicative of middle-ear
dysfunction. The middle-ear dysfunction test classified these ears with a nonparametric area~A!
under the relative operating characteristic curve ofA50.86, and classified normal-hearing ears that
failed two-stage hearing-screening tests with areasA50.84 for DPOAE/ABR, andA50.81 for
TEOAE/ABR tests. The middle-ear dysfunction test adequately generalized to a new sample
population (A50.82). © 2003 Acoustical Society of America.@DOI: 10.1121/1.1523388#

PACS numbers: 43.64.Ha, 43.64.Jb, 43.64.Nf@BLM #

I. INTRODUCTION

An important problem in neonatal hearing screening
~NHS! programs is to interpret the effect of middle-ear status
on the results obtained using physiological tests of hearing
status. NHS tests are frequently performed by personnel
without special training in audiology in the hospital or birth-
ing unit just prior to discharge. NHS is currently based on the
use of evoked otoacoustic emissions~EOAE!, including dis-
tortion product otoacoustic emissions~DPOAE! and click-
evoked otoacoustic emissions~TEOAE!, and/or a screening
auditory brain stem response~ABR! using an air-conducted
stimulus. If an infant is screened as lacking normal responses
to these screening OAE and ABR tests, subsequent diagnos-
tic tests are used to diagnose the extent and type of hearing
loss. Such diagnostic tests must differentiate, in part, be-
tween conductive hearing losses produced by middle-ear pa-
thology and sensorineural hearing loss. One problem in NHS
programs is that many infants eventually shown to have nor-
mal sensorineural function do not produce ‘‘normal’’ re-
sponses to the OAE and ABR tests. Unfortunately, there cur-
rently is no neonatal middle-ear test in common use to
evaluate at the time of screening whether the absence of
these responses may be due to middle-ear dysfunction. The

goal of this report is the description of the role of middle-ear
functioning on the interpretation of results from an NHS
study aimed at the early identification of sensorineural hear-
ing loss. As such, the evaluation of the tests in a NHS pro-
gram is distinct from the evaluation of follow-up diagnostic
testing of infants, in which tests of middle-ear functioning on
a much smaller number of infants are performed by pediatric
audiologists. Whereas greater technical sophistication can be
brought to bear during diagnostic evaluations, practical and
financial factors make it impossible to perform the same di-
agnostic tests as part of a mass NHS program.

A hearing-screening measurement of middle-ear func-
tioning was assessed by measuring the acoustical admittance
and energy reflectance~YR! in the ear canal. The data were
obtained in the Identification of Neonatal Hearing Impair-
ment ~INHI ! study ~Norton et al., 2000a!, which evaluated
the ability of DPOAE~Gorgaet al., 2000!, TEOAE ~Norton
et al., 2000d!, and ABR ~Siningeret al., 2000! tests to pre-
dict sensorineural hearing loss, the YR test to assess middle-
ear functioning~Keefeet al., 2000!, and a follow-up behav-
ioral audiogram and related tests to measure the hearing loss
at age 8–12 months~Widen et al., 2000!. The behavioral
hearing test served as the gold standard against which the
performance of the DPOAE, TEOAE, and ABR tests was
evaluated.

This report describes the incorporation of YR measure-
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ments into a test battery to predict sensorineural hearing loss,
and the design and evaluation of a screening test to detect
middle-ear dysfunction based on the YR response. Relation-
ships between the YR response and EOAEs and ABRs are
described elsewhere~Keefe et al., 2003!. Middle-ear func-
tioning influences EOAE test outcomes inasmuch as the rela-
tive success of infant hearing screening programs is thought
to depend on the ability to minimize false-positive screening
outcomes that are caused by transient external and middle-
ear conditions~Margolis, 2001!. The present study describes
issues relating middle-ear status to the outcomes of typical
NHS tests.

Infants who are identified in the screening as potentially
having hearing loss are referred for rescreening or more spe-
cialized diagnostic testing. A significant practical problem in
hearing screening evaluations is the problem of ‘‘false posi-
tives,’’ which refers to those infants that do not pass their
NHS test, but who are later found in follow-up testing not to
have a sensorineural hearing loss. It is widely thought that
false-positive NHS results in neonates are due to transient
middle-ear dysfunction, i.e., a dysfunction that is present at
the time of neonatal screening and subsequently resolved. As
reviewed by Stuartet al. ~1994!, the neonate’s middle ear
may contain embryonic connective tissue, mesenchyme, and
other materials, and the ear canal may contain vernix. Cur-
rent screening tests do not characterize the origin of the
likely hearing loss as sensorineural, conductive, or mixed
~i.e., a combination of sensorineural and conductive losses!,
although more specialized diagnostic tests may allow such
differential assessments of type of loss. Stuartet al. ~1994!
showed that air-conducted ABR thresholds were elevated by
more than 10 dB in the initial 48 hours after birth compared
to 49–96 hours after birth, while bone-conducted ABR
thresholds changed by less than 1 dB. This physiologic con-
ductive deficit is consistent with the resolution of fluids and
residuals in the middle ear and ear canal. However, a 10-dB
threshold shift does not necessarily account for the absence
of an air-conducted ABR response, which remains unac-
counted for by the composite air/bone results.

Depending on the age of the child, the subsequent diag-
nostic tests may include behavioral audiograms~Widen
et al., 2000! and/or diagnostic ABR testing~Stevens, 2001!.
Both test types may be used with a combination of air-
conduction and bone-conduction stimuli, which allows one
to categorize the ear as having a sensorineural, conductive,
or mixed hearing loss, or else as having normal hearing~in-
dicative of a false-positive screening outcome!. Diagnostic
testing may also be performed using only air-conduction
stimuli, for which the aim is to characterize the amount of
hearing loss without categorizing as to type of hearing loss.
The feasibility of including bone-conduction stimuli in pedi-
atric ABRs has been demonstrated~Yanget al., 1987; Stuart
et al., 1994; Chenet al., 1996; Cone-Wesson and Ramirez,
1997!. While bone-conduction ABR is recommended for in-
fants who are referred after failing a hearing screening test in
order to detect conductive loss~Stevenset al., 2001!, bone-
conduction ABR has apparently not been used in hearing
screening applications. Among its limitations from the stand-
point of screening are problems associated with the place-

ment of the vibrator and uncertainties related to force that is
applied during the testing.

The absence of a hearing screening test of middle-ear
functioning was the primary factor motivating the research
described in this report. The fact that the YR test was able to
predict whether or not an EOAE response was present or
absent in a screening sample of neonatal ears~Keefe et al.,
2003! suggested the hypothesis that the YR test may be sen-
sitive to middle-ear dysfunction in such a population. The
research in the present report examines this hypothesis from
two viewpoints:~1! whether a combination of EOAE and YR
tests, or ABR and YR tests, improves the prediction of hear-
ing loss in a screening sample of neonates compared to the
EOAE or ABR test alone, and~2! whether a YR test of
middle-ear dysfunction can be constructed and evaluated
based on measurements in a screening sample.

II. THEORETICAL APPROACH

The main physiological variables used in the present
analyses include the minimum signal to noise ratio~SNR,
expressed as a level in dB! of DPOAE and TEOAE re-
sponses at frequencies of 2, 3, and 4 kHz, the ABRFsp for a
click at 30 dB~nHL!, and the YR response. These variables
are described in more detail in Keefeet al. ~2003!. These
responses were measured as part of the INHI project
~Norton, 2000b!, of which the principal goal was to test the
effectiveness of physiological tests in identifying sensorineu-
ral hearing loss in newborns. The physiological responses
were measured at a time just before the infant was dis-
charged from the birthing hospital. These tests were per-
formed over a range of corrected ages of 1 day up to 3
months, which varied according to the health status of each
infant.

Visual reinforcement audiometry~VRA! was performed
at 8 to 12 months corrected age~Widen et al., 2000! to be-
haviorally assess hearing status, and served as the gold stan-
dard for classifying infants into normal-hearing or hearing-
loss groups. This classification was based on pure-tone
responses at 1, 2, and 4 kHz. Normal hearing was defined as
VRA thresholds~i.e., minimum response levels! of 20-dB
hearing level~HL, ANSI, 1996! for at least two of the three
test frequencies. Sensorineural hearing loss was defined for
VRA responses exceeding this limit.

Test performance to predict hearing status in the INHI
study, which was assessed by comparing the areas under the
relative operating characteristic~ROC! curve, was similar for
TEOAEs, DPOAEs, and ABRs, except that the ABR per-
formed slightly better in predicting hearing status at 1 kHz
~Norton et al., 2000b!. For brevity in the present report, the
area under the ROC curve for any predictor is sometimes
denoted as the ‘‘ROC area.’’

A. Theory underlying the prediction of sensorineural
hearing loss

While the INHI project assessed the accuracy of EOAEs
and ABR in predicting auditory status in infants, one goal of
the present study is to test the accuracy of these predictors
when augmented by the YR response, which describes ear-
canal and middle-ear functioning. Based on a binary depen-
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dent variable~impaired or normal hearing!, a logistic regres-
sion approach was adopted, which was performed using
maximum likelihood estimation. The main question is
whether a logit function including both EOAE and YR vari-
ables is a better predictive model than a logit function using
only EOAE variables~and similarly for ABR and YR vari-
ables!. This question has two aspects—does the model’s
goodness of fit improve when YR variables are included, and
does the model classification performance improve when YR
variables are included? The dependent variable for hearing
status is denoted as presence (LOSS51) or absence
(LOSS50) of sensorineural hearing loss. The smaller
univariate model is denoted asLOSS5o(SNR), in which it
is understood that the right-hand side includes a logistic
function o of the logit functionL to predict the binary vari-
able LOSS, i.e., a function of the formLOSS5o(L)
5eL/(11eL), with L5SNR in this smaller model.

The VRA sample population is a subset of that used in
the earlier analyses of YR, EOAE, and ABR data~Keefe,
et al.2003!, because only a subset of the INHI sample popu-
lation was tested using VRA for hearing status. Among sub-
jects with bilateral normal hearing~defined by VRA!, only
one ear per subject was included in the VRA sample popu-
lation. If a subject had sensorineural hearing loss in one ear
and normal hearing in the other, then the ear with sensorineu-
ral hearing loss was included in the impaired-ear database
while the results were discarded for the opposite ear. If a
subject had sensorineural hearing loss in both ears, then both
ears were included in the VRA sample population in order to
maximize the number of impaired ears. The number of im-
paired ears was 16 for DPOAE, 16 for TEOAE, 19 for ABR
analyses, and 15 for ears in which all tests were completed.
These numbers differ because not all subjects with senso-
rineural hearing loss completed all neonatal tests, although
all completed the VRA and YR tests.

The minimum SNR at 2, 3, and 4 kHz was used in the
INHI project to predict hearing status~Nortonet al., 2000c!.
The DPOAE SNR was set to zero for tests in which the noise
level plus 2 standard deviations exceeded the signal level
~Harrisonet al., 2000; Gorgaet al., 2000!. The independent
variable in the ABR predictor was theFsp value at a click
level of 30 dB nHL. The YR responses measured in the INHI
project were influenced by probe fit~Keefe et al., 2000,
2003!. A probe-fit test was described in these references that
would allow a YR measurement to verify the quality of
probe fit during data acquisition. Therefore, it is sufficient in
the present study to include only those YR responses from
the INHI project that were judged to have an adequate probe
fit. This was termed the partial data set of YR responses in
Keefeet al. ~2003!.

These YR responses are expressed in terms of a set of
factors calculated using principal components analysis. For
each ear, the factors are defined in terms of factor loadings
tabulated in Keefeet al. ~2003! and the YR response specific
to that ear. These factor loadings were calculated on a larger
population of ears for which the VRA tests were not neces-
sarily available. These factors are listed in Table I in terms of
the frequencies and variables in the YR response on which
they have the greatest loadings@these factors have the load-

ings reported in Keefeet al. ~2003! for the partial training
set#.

Many NHS programs are based upon the findings that
EOAE SNR and ABRFsp predict hearing status. A related
hypothesis is that the YR variables predict the status of ex-
ternal and middle ears, for example, the YR response pre-
dicts the presence of conductive hearing loss in a population
of older children at risk for otitis media with effusion
~Piskorskiet al., 1999!. Thus, it is hypothesized that the YR
response may predict middle-ear dysfunction~which is taken
to include ear-canal dysfunction! in neonatal ears, which
may be associated with a conductive hearing loss, even
though the risk characteristics for a neonatal population dif-
fer from those for a population of older children at risk for
otitis media with effusion. To test the hypothesis, a middle-
ear factor would enter the predictor as a main variable. For
the case of EOAEs with a single factorF, the predictor
would take the formLOSS5o(SNR1F). This abbreviated
notationLOSS5o(L) has as its argument a logit functionL
of the form,L5c1* SNR1c2* F, with constant coefficients
c1 andc2 to be determined.

To the extent that an ear classified as impaired has a pure
sensorineural loss, then one would not expect a middle-ear
factor to predict hearing status, and such a factor would not
enter the predictor as a main variable. If a middle-ear factor
enters as a main effect, this would be evidence that the popu-
lation of impaired ears contains ears with a pure conductive
or mixed loss, even though there was no gold standard in the
INHI study to classify pure conductive and mixed losses.

If no middle-ear factor enters as a main effect, it remains
possible that the presence of middle-ear or ear-canal dys-
function may influence both forward transmission of EOAE
and ABR stimuli, and reverse transmission of cochlear-
generated signals. Hence, the EOAE and ABR responses in
an ear with middle-ear or ear-canal dysfunction may differ
from those in an ear with normal middle-ear functioning.
Thus, the variables used to predict hearing status would be
influenced by middle-ear status. To test such a possibility, a
class of models is considered in which the YR variables enter
the predictor as an interaction with the main variable~EOAE
SNR or ABR Fsp!. Defining Fm as themth factor, these
models in the case of EOAEs are denoted asLOSS
5o(SNR1SNR3Fm), in which SNR1SNR3Fm denotes a
logit function that is linear in SNR, and linear in SNR
3Fm . For the principal components analysis of the set with
M57 factors~see Table I!, there are seven possible interac-
tions SNR3F1 ,SNR3F2 ,...,SNR3F7 . If a mixed loss ex-
ists, the model might also include factors as main effects, and

TABLE I. Factor names

Factor Factor name Description

1 FYLO Low-frequency admittance~0.25–1 kHz!
2 FRHI High-frequency reflectance~2–8 kHz!
3 FYHI High-frequency admittance~3–8 kHz!
4 FYRMI Mid-frequency YR~1–2 kHz!
5 FY7k Admittance near 6–8 kHz
6 FRLO Low-frequency reflectance~0.25–1 kHz!
7 FYMI Mid-frequency admittance~1.4–4 kHz!
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take the formLOSS5o(SNR1Fm1SNR3Fm).
The analyses of EOAEs proceed in the following steps,

which follow the recommendations of Hosmer and Leme-
show ~2000! except for the present emphasis on adding in-
teractions with main variables.

~1! For M factors, perform 2M univariate logistic regres-
sions using SNR and SNR3Fm , and SNR andFm .

~2! Retain those factors and interactions which have some
association based on the Wald statistic (p,0.25) and
discard remaining variables.

~3! Perform all multivariate logistic regressions using SNR
and all retained factors and interactions, and all logistic
regressions on all smaller models~using subsets of the
above-listed independent variables!.

~4! Choose the final model to be the smallest model for
which the likelihood is not significantly smaller than any
larger model based on a chi-squares test.

~5! Likelihood analyses are performed with a chi-squares
test usingp50.05 andp50.10, the latter to control for a
type-II error that may result from the small number of
impaired ears. If the likelihood of the final model is sig-
nificantly larger than the likelihood of the univariate
model LOSS5o(SNR), then the influence of middle-
ear variables improves the prediction of auditory status;
if not, there is no effect on predicting auditory status by
measuring the YR response.

~6! Compare the classification performance of the final and
univariate models based on the calculated area under the
ROC curve.

~7! Assess the shape of the ROC curves to compare the final
and univariate models based on pairs of sensitivity and
specificity values.

The analysis of ABRs takes the same form withFsp replac-
ing SNR. The advantage of using univariate analyses in step
1, rather than a single multivariate analysis including all the
factors and interactions, is that relatively small models are
used with no more than two independent variables in each
logistic regression. This is beneficial because the number of
ears with sensorineural hearing loss is small~16–19 ears!,
and so the number of independent variables should be small.

B. Theory underlying the test of middle-ear
dysfunction

The presence or absence of EOAE responses was pre-
dicted by the YR response, but the presence or absence of
ABR signals was only weakly predicted~Keefeet al., 2003!.
For example, the ROC area was 0.77–0.79 for classifying
the minimum DPOAE SNR between 2–4 kHz as present or
absent, and 0.73–0.73 for classifying the minimum TEOAE
SNR between 2–4 kHz as present or absent. The ROC area
was only 0.58 for classifying the ABR FSP as present or
absent. Because an absent response may be due to middle-ear
dysfunction, such a classification task, which is based on
responses in normal-hearing subjects, can be used to con-
struct a predictive test of middle-ear dysfunction. This has
particular relevance to the neonatal population for which no
gold standard of middle-ear dysfunction is available. In con-

trast to the previous results including ears with sensorineural
hearing loss, it is unnecessary to include such ears in con-
structing a test of middle-ear dysfunction. This simplifies the
analyses because the problem of the small number of im-
paired ears is circumvented.

One approach to construct a test of middle-ear dysfunc-
tion is to calculate normative percentiles of test responses in
normal-hearing ears, and classify an ear with dysfunction if
its response falls outside some normal range, e.g., the 5th
and 95th percentiles of responses. Such percentiles have
been presented based on all ears tested in the INHI project,
excluding those with leaky probe fits~Fig. 5 in Keefeet al.,
2000!. This approach is advantageous when the response is
based on one variable, but the YR response has 33 variables
that are partially correlated across frequency and response
type ~a YR response includes energy reflectance, equivalent
volume, and acoustic conductance responses at each of 11
half-octave frequencies from 0.25–8.0 kHz~Keefe et al.,
2000!. With 33 variables, random variability may increase a
response outside the percentile boundaries for one variable,
while it may not indicate an unusual YR response overall.

Use of the YR factors in place of all variables in the YR
response reduces the set of variables to seven, which are
separated in frequency and response type. Thus, it would be
preferable to construct percentiles based on these factors
rather than the original YR response. One could identify
middle-ear dysfunction in terms of whether a particular re-
sponse has any factor score outside some normal baseline
range. However, the results described in Keefeet al. ~2003!
suggest that some factors are important predictors of middle-
ear status, while others are not. Thus, a definition of middle-
ear dysfunction that gives equal weight to the factors is not
in accord with the differential predictive strength of the fac-
tors.

The approach adopted is to develop tests of middle-ear
dysfunction using a linear combination of the factors, but
with coefficients chosen according to a gold standard that
isolates middle-ear status to the extent possible.

Because middle-ear dysfunction is distinct from senso-
rineural hearing loss, and because the number of ears with
sensorineural hearing loss is so small, a test of middle-ear
dysfunction should not be dependent on responses in ears
with sensorineural hearing loss. The analyses that classified
DPOAEs, TEOAEs, and ABRs as present or absent~Keefe
et al., 2003! represent possible choices for constructing a test
of middle-ear dysfunction, but some aspects of the analyses
are problematical. The ABR predictor ofFsp achieved ROC
areas only modestly larger than 0.5~i.e., performance near
chance levels!, while the ABR predictor of wave-V latency
was more effective~Keefeet al., 2003!. Thus, ABR latency
appears to be a better choice thanFsp value on which to
design a YR test of middle-ear dysfunction. Some ears failed
one of the EOAE tests and passed the other. These ears,
which were classified inconsistently by the EOAE tests, may
not form the best sample population on which to define a test
of middle-ear dysfunction. Finally, the analyses were per-
formed on ears with unknown hearing status, while it is pref-
erable to construct a test of middle-ear dysfunction on
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normal-hearing ears for which the possibility of sensorineu-
ral hearing loss has been excluded.

A first gold standard is defined in the present study by
categorizing normal-hearing ears that pass both the DPOAE
and TEOAE tests as having normal middle-ear functioning,
and those that fail both tests as having middle-ear dysfunc-
tion. This is termed the DT gold standard. A second, more
stringent gold standard is defined by categorizing normal-
hearing ears that pass all the DPOAE, TEOAE, and ABR
tests as having normal middle-ear functioning, and those that
fail all three tests as having middle-ear dysfunction. This is
termed the DTA gold standard. Consistent with the above
discussion, the ABR component of the DTA gold standard is
based onLV(70).

The criteria for a pass are based on the 80% specificity
calculated for normal-hearing ears in the VRA sample—3.1
dB for the minimum DPOAE SNR at 2, 3, and 4 kHz, 6.1 dB
for the minimum TEOAE SNR at 2, 3, and 4 kHz, and the
critical value of ABRLV(70) in seven age-dependent sub-
groups. The latter controls for the monotonic decrease of
LV(70) with increasing conceptional age in the subgroups.
This critical value ofLV(70) at 80% specificity ranges from
7.99 ms at mean conceptional age 35.1 weeks down to 7.24
ms at mean age 53 weeks.

III. METHODS

The data used in the present study were obtained from
the INHI project data collected at Boys Town National Re-
search Hospital in Omaha, NE, and Women’s and Infant’s
Hospital in Providence, RI. The INHI sample population in-
cluded high-risk infants who had been treated in a neonatal
intensive care unit~NICU!, well babies with no risk factors,
and well babies with one or more risk factors for sensorineu-
ral hearing loss~Vohr et al., 2000!. This INHI sample popu-
lation overweighted infants in the NICU, who were more
likely to have sensorineural hearing loss, in an effort to in-
crease their number in the study. The INHI test protocol is
summarized elsewhere for the standard protocol~Harrison
et al., 2000! and the protocol including the YR test~Keefe
et al., 2000!.

The calculation of the YR factor loadings in the present
study is based on a subset of the INHI database (N52425)
including ears for which there are neonatal screening data
~the YR test, and one or more of the DPOAE, TEOAE, and
ABR tests!, an adequate YR probe-fit test~Keefe et al.,
2000; Keefeet al., 2003!, but not necessarily VRA data. This
screening sample includes ears for which the hearing status
is unknown. The screening sample is identical to the ‘‘partial
data set’’ used by Keefeet al. ~2003!. It was split into a
training set (N51278 ears) and a validation set (N
51147 ears).

The predictions of hearing status in the present study are
analyzed on a VRA sample population (N51094) with in-
clusion criteria of completed YR measurements with ad-
equate probe fit, one or more of the NHS tests~i.e., DPOAE,
TEOAE, and ABR tests!, and VRA tests. The VRA sample
population is the subset of the screening sample population
for which VRA tests results were available. Because there
were so few impaired ears in the VRA sample population

(N519), it was not feasible to divide the VRA sample into
training and validation samples; as a consequence, it was not
possible to test generalization of the predictors of hearing
status. A similar constraint was present in the INHI study,
although more impaired ears were available in the complete
INHI data base~Norton et al., 2000b!.

The YR tests for middle-ear dysfunction are developed
on a sample of ‘‘normal-hearing’’ ears with adequate YR
probe fits. ‘‘Normal hearing’’ is taken to mean a demon-
strated absence of sensorineural hearing loss during the VRA
test performed at ages 8–12 months. The gold standards of
the hearing screening tests are based on criterion values of
EOAE SNR and ABR latencies that achieve 80% specificity;
hence, the need to restrict the sample to normal-hearing ears.
Because a test of middle-ear dysfunction might be useful for
a sample population in which hearing status is unknown, i.e.,
a typical hearing-screening population including normal and
impaired ears, the YR tests for middle-ear dysfunction are
subsequently evaluated to assess test generalization on such
a sample. Finally, the YR tests of middle-ear dysfunction are
used on the VRA screening population to separately assess
results on normal and impaired ears.

IV. RESULTS

A. Predictions of sensorineural hearing loss

The factor loadings are those listed in Table II of Keefe
et al. ~2003!. Using these loadings, the factors on the VRA
sample are calculated and represented using the factor names
in Table I. On completing steps 1–5 of the procedures de-
scribed in Sec. II A, the final models to predict sensorineural
hearing loss on the VRA sample are

DPOAE: LOSS5o(SNR1SNR* FYLO1SNR* FYHI
1SNR* FRLO),

TEOAE: LOSS5o(SNR1SNR* FYLO),
ABR: LOSS5o(Fsp1Fsp* FRLO).

As expected, none of the factors is present as a main variable
in any of these models, meaning that YR factors are not main
effects in predicting sensorineural hearing loss. Some factors
are present as interactions. None of these models includes
FRHI, the factor that is predominant in most of the linear
regressions predicting EOAE level and in the logistic regres-
sions classifying EOAE responses as present or absent
~Keefe et al., 2003!. The factors FYLO-1, FYHI-3, and
FRLO-6, which are present in the above predictor models,
are factors that were usually absent in the corresponding lin-
ear regressions described by Keefeet al., especially for
EOAE-dependent variables for frequencies at and above 2
kHz. The low-frequency YR response is always present as an
interaction with a main variable: low-frequency admittance
FYLO is present in the DPOAE and TEOAE predictors, and
low-frequency reflectanceFRLO is present in the ABR and
DPOAE predictors. The only high-frequency factor present
is FYHI in the DPOAE predictor.

The final models for the DPOAE and ABR predictors
have a significantly higher likelihood than that of the corre-
sponding univariate model at thep50.05 level ~Table II!.
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The final model for the TEOAE predictor is significant only
at thep50.10 level. Therefore, inclusion of the YR measure-
ment of middle-ear functioning improves the model to pre-
dict sensorineural hearing loss in DPOAE and ABR mea-
surements, and possibly so in TEOAE measurements.

For the DPOAE model, each of the independent vari-
ables can be interpreted as influencing the odds ratio because
the range of the 95th percentile does not include the odds
ratio of 1 ~Table II!. Equivalently, the Waldp-value for each
interaction is less than 0.05. The SNR has an inverse odds
ratio of 3.29, while the strongest interaction SNR3FYLO
has an odds ratio of 1.87. An explanation of the odds ratio
and the inverse odds ratio is given elsewhere~Keefe et al.,
2003!. For the TEOAE model, the SNR has an inverse odds
ratio of 1.48, but the interaction SNR3FYLO is not signifi-
cant because its 95th percentile range includes the odds ratio
of 1 ~its Waldp-value is significant at the 0.10 level!. For the
ABR model, each of the independent variables influences the
odds ratio. TheFsp has an inverse odds ratio of 8.17, while
the interaction SNR3FRLO has an inverse odds ratio of
1.48.

The classification performance of each model is assessed
using the areas under the ROC curves in Fig. 1. For all
DPOAE, TEOAE, and ABR models, the ROC curve of the
multivariate model has sensitivities that are greater than or
equal to the sensitivities on the corresponding ROC curve of
the univariate model across all specificities. For the ROC
curves based on EOAE data, the curves ascend linearly to a
sensitivity value in the range of 0.80–0.85. This point corre-
sponds to a SNR of 0 dB and includes most of the impaired
ears~e.g., 13 of 16 impaired ears in the DPOAE measure-
ment have 0 dB SNR!. The multivariate and univariate
curves overlay at this sensitivity~and specificity! value. All
differences in the ROC curves occur at SNRs exceeding 0 dB
for which the interaction terms in the model (SNR3Fm)
exert influence. Thus, the models differ in their predictions
only at high sensitivities. The ABR curves usingFsp are
similar to the EOAE curves. The areas under the ROC curves
in Fig. 1 are listed on each curve for the multivariate and

univariate models. The area is always larger for the multi-
variate model than the corresponding univariate model. None
of the area differences is significant at the 0.05 level, al-
though the TEOAE and ABR model differences are signifi-
cant at the 0.10 level for the full VRA sample. The small
number of impaired ears limits the ability to interpret this
test of significance.

Figure 2 plots the specificity versus sensitivity over the
range of sensitivities exceeding 0.79, which includes the sen-
sitivities for which the multivariate and univariate tests dif-
fer. This is the range in which EOAE SNR exceeds 0 dB.
The difference in specificity between equal-sensitivity pairs
of data is the reduction in the false-positive rate provided by
using the information on middle-ear status. The reduction in
false-positive rate can be large: for the set at the highest test
sensitivity ~upper panel!, the DPOAE specificity increases
from 13% in the univariate model to 69% in the multivariate
model.

The low number of ears with sensorineural hearing loss
in the VRA sample should be considered when evaluating
these outcomes. For example, there were only 16 ears with
sensorineural hearing loss in the EOAE-related outcomes. Of
these, 13 failed to produce a SNR exceeding 0 dB. Thus, the
sensitivity values for those parts of the ROC curves where
the two models differed represent data from three ears. While
confidence is greater in terms of test specificity because the
number of ears with normal hearing is much larger, the lim-
ited number of hearing-impaired ears on the interesting parts
of the ROC curves must be considered. Having offered this
caveat, in every case, the multivariate model represented an
improvement over the univariate model.

B. Predictions of middle-ear dysfunction

After pruning those YR factors that have negligible ef-
fect on the likelihood ratio~at thep50.05 level of signifi-
cance!, the predictors for the DT and DTA gold standards
take the forms listed in Table III. Each predictor uses the
same factors with the same sign. The most important factor
is FRHI, with an odds ratio of 3.58 in the DT and 4.19 in the

TABLE II. Significant logistic regression coefficients and odds ratios to predict hearing status.

Var Coef. Odds ratio 1/~Odds ratio! Wald p @95% Conf. interval of odds ratio#

DPOAE:
Log likelihood ration compared to SNR-only model exceeds 0 withp50.0019
SNR 21.192 0.30 3.29 0.002 0.15 0.64
SNR3FYLO 0.624 1.87 0.54 0.007 1.18 2.94
SNR3FYHI 20.469 0.63 1.60 0.032 0.41 0.96
SNR3FRLO 20.278 0.76 1.32 0.035 0.58 0.98
Constant 22.436 0.000

TEOAE:
Log likelihood ratio compared to SNR-only model exceeds 0 withp50.0729
SNR 20.389 0.68 1.48 0.000 0.55 0.83
SNR3FYLO 0.190 1.21 0.83 0.096 0.97 1.51
Constant 22.365 0.000

ABR:
Log likelihood ratio compared to SNR-only model exceeds 0 withp50.0179
Fsp 22.100 0.12 8.17 0.000 0.07 0.23
Fsp3FRLO 20.390 0.68 1.48 0.036 0.47 0.98
Constant 1.269 0.015
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DTA predictor. The only other factor with an odds ratio or
inverse odds ratio larger than 2 isFYRMI for DT and DTA.

The ROC curve for the DT predictor is plotted in Fig. 3.
The area under the ROC curve is 0.86 for the DT predictor
and is 0.91 for the DTA predictor~its ROC curve is not
shown!. These ROC areas are not directly comparable be

FIG. 1. The ROC curve is plotted for the VRA sample. Results are shown
for DPOAE models~top row!, TEOAE models~middle row!, and ABR
models~bottom row!. The thick line plots the ROC curve for the multivari-
ate model~including YR factors!, and the thin line plots the ROC curve for
the univariate model~SNR for EOAE models orEspfor ABR models!. The
corresponding areas under the ROC curve are listed for the multivariate and
univariate models.

FIG. 2. The specificity versus sensitivity is plotted for the VRA sample for
those data with sensitivities exceeding 0.79. Results are shown for DPOAE
models~top row!, TEOAE models~middle row!, and ABR models~bottom
row!. In each panel, the solid line with diamonds as symbols is the curve for
the multivariate model, and the dashed line with circles as symbols is the
curve for the univariate model. The difference in specificity between equal-
sensitivity pairs of data in each panel is the reduction in the false-positive
rate by the multivariate model.

TABLE III. Significant logistic regression coefficients and odds ratios for
DT and DTA gold standards.

Factor Coefficient Odds ratio 1/~Odds ratio! Wald p

DT predictor based on DP0AE and TEOAE responses
FYLO-1 20.208 0.81 1.23 0.079
FRHI-2 1.277 3.58 0.28 0.000
FYRMI-4 20.915 0.40 2.50 0.000
FY7k-5 20.274 0.76 1.32 0.020
FYMI-7 20.520 0.59 1.68 0.000
Constant 22.430 0.000

DTA predictor based on DPOAE, TEOAE, and ABR responses
FYLO-1 20.514 0.60 1.67 0.001
FRHI-2 1.432 4.19 0.24 0.000
FYRMI-4 20.815 0.44 2.26 0.000
FY7k-5 20.529 0.59 1.70 0.005
Constant 23.531 0.000
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cause the numbers of test subjects differ depending on the
differing definitions of gold standard—876 normal-hearing
ears in the DT analysis~762 pass and 114 fail!, and 716
normal-hearing ears in the DTA analysis~669 pass and 47
fail!.

The purpose of constructing a test of middle-ear dys-
function is to identify those false positives in hearing screen-
ing tests likely to have middle-ear dysfunction. The compari-
sons are performed for EOAE and ABR test criteria of 80%
specificity, as described in Keefeet al. ~2003!. The ABR test
criterion of hearing status at 80% specificity is a pass if the
Fsp is at or above 3.25. This ABR criterion usingFsp is in
contrast with the absence of ABR variables in the DT gold
standard, and the presence of ABRLV(70) in the DTA gold
standard, but it is in accord with the use of ABRFsp in the
INHI study.

The areas under the ROC curve are compared for the DT
and DTA predictors for the normal-hearing group in order to
focus on false positives~FP!. For each diagnostic test of
hearing status, its group is called the VRA-FP. Because each
test performs differentially in predicting sensorineural hear-
ing loss, the composition of the VRA-FP group varies for

each test. Using the DPOAE test as an example, the task for
the DT and DTA predictors is to classify each infant as hav-
ing passed or failed the DPOAE test due to middle-ear dys-
function, i.e., to discriminate on the DPOAE test between the
false positives and the true negatives. The ability of each
predictor in this classification task is assessed by its area
under the ROC curve. There are no free parameters in this
comparison.

The false-positive/true-negative groups are

~1! ABR test
~2! DPOAE test
~3! TEOAE test
~4! Two-stage test, DPOAE/ABR
~5! Two-stage test, TEOAE/ABR.

Groups 1–3 compare middle-ear dysfunction test perfor-
mance on the VRA-FP populations from the separate
DPOAE, TEOAE, and ABR tests. Groups 4–5 compare
middle-ear dysfunction test performance on the two-stage
paradigm recommended by the NIH~1993! in its Consensus
Conference Report, and evaluated in the INHI study~Norton
et al., 2000c!. This recommendation is to use EOAE screen-
ing followed by an ABR only on those infants failing the
OAE screening, an approach that results in the fewest refer-
rals and the lowest cost~Gorgaet al., 2001!. For those in-
fants failing the initial OAE test in such a paradigm, it is
generally thought that middle-ear dysfunction plays a role in
those infants who subsequently pass the ABR test.

The results shown in Table IV show better performance
for the DT test than the DTA test across the five VRA-FP test
groups. The ROC area of the DT test is significantly larger
than that of the DTA test for the two-stage DPOAE/ABR test
group at thep50.05 level, and for the TEOAE and two-
stage TEOAE/ABR test groups at thep50.10 level. The
ROC areas are larger for the DT than the DTA test for the
DPOAE and ABR test groups, but the differences are not
significant. Still, the DTA test does not outperform the DT
test on any test group. Thus, the DT test is selected in sub-
sequent analyses as the preferred test of middle-ear dysfunc-
tion.

The DT test performs poorly at identifying ABR false
positives ~ROC area of 0.58!. The DT test identifies false
positives in DPOAE screening with an ROC area of 0.78 and
in TEOAE screening with an area of 0.74. For the two-stage
hearing screening tests recommended by the NIH~1993!, the
DT test identifies false positives in DPOAE/ABR screening
with an ROC area of 0.84 and in TEOAE/ABR screening
with an ROC area of 0.81. The ROC curves, on which these

FIG. 3. The ROC curve is plotted for the DT predictor of middle-ear dys-
function in the population on which the DT predictor is defined. The gold
standard includes those ears as having normal middle-ear functioning in
which both DPOAE and TEOAE responses are present, and as having
middle-ear dysfunction in which both DPOAE and TEOAE responses are
absent. The EOAE pass/fail criteria are based on 80% specificity.

TABLE IV. ROC areas for DT and DTA tests on VRA-FP populations withp-values for area differences.

VRA-FP
Test ID

VRA-FP
Diagnostic test N total N pass N fail

ROC areas

DT test DTA test p

1 DPOAE 1027 842 185 0.784 0.778 0.632
2 TEOAE 1027 833 194 0.735 0.715 0.069
3 ABR 1027 829 198 0.578 0.571 0.565
4 DPOAE/ABR 1027 976 51 0.841 0.813 0.043
5 TEOAE/ABR 1027 977 50 0.812 0.784 0.052
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ROC areas are calculated, are plotted in Fig. 4 for the DT test
on each of the five VRA-FP groups. Like the ROC curve on
the population on which the DT predictor was constructed
~Fig. 3!, the ROC curves for the two-stage tests have steep
slopes at low sensitivities~lower-left corner of each ROC
curve!, which means that moderate sensitivities may be
achieved at specificities close to 100%. For example, at fixed
specificities of 98% and 95%, the corresponding sensitivities
are 37% and 49% for the DPOAE/ABR, and 39% and 52%
for the TEOAE/ABR test group. This trend is present, but in
a weaker form, for the DPOAE and TEOAE test groups. The
ROC curves depart from symmetry about the diagonal that
connects the points at which the sensitivity and specificity
both equal 100%~upper-left corner of ROC curve! and both
equal 0%~lower right corner!. This means that it is more
difficult to achieve moderate specificities at sensitivities
close to 100% than it is to achieve moderate sensitivities at
specificities close to 100%.

The generalization performance of the DT test is ana-
lyzed by examining its test performance on a group of ears
not included in the VRA sample. Because of the unavailabil-
ity of VRA responses, it is impossible to categorize ears by
hearing status in the DT generalization sample, but this gen-
eralization sample is statistically independent from the VRA
sample on which the DT test was constructed. The accuracy
of the DT test to predict middle-ear dysfunction is assessed
in ears according to the DT gold standard, and according to
the inclusion criteria in each of the five VRA-FP test groups.
The prevalence of sensorineural hearing loss in the VRA
sample is 1.4%–1.6%, which varies depending on exclusions
of impaired ears that lack at least one of the EOAE or ABR
test responses. This prevalence is expected to be higher than
that in the DT generalization sample, because there was an
effort in the INHI study to recruit a higher ratio of impaired

ears at the time of VRA testing than in the original neonatal
screening. Thus, the preponderance of ears failing one or
more of the VRA-FP tests are normal hearing. In the first test
of generalization, the area under the ROC curve for the DT
test on ears categorized according to the DT gold standard is
0.82, compared to 0.86 for the DT test on normal-hearing
ears in the VRA sample as described above. This level of
performance demonstrates that the DT test of middle-ear
dysfunction generalizes to a new population with acceptable
accuracy.

To test generalization of the test of middle-ear dysfunc-
tion on each of the VRA-FP test groups, the criterion that a
response~DPOAE, TEOAE, or ABR! is absent in the DT
generalization sample is based on the SNR orFspscore that
provides 80% specificity in the single-test VRA-FP sample
groups in Table IV. The fail rates and corresponding ROC
areas for the DT test are 14% fails and an area of 0.82 for
predicting both DPOAE and TEOAE status, 22% fails and an
area of 0.57 for predicting ABR status, and 5% fails and an
area of 0.85 for predicting test status in the DPOAE/ABR
and TEOAE/ABR tests. The prevalence of fails for the
EOAE tests~14%! is less than the 20% fail rate that would
be expected~at 80% specificity! in a population of normal-
hearing ears of similar characteristics to the VRA sample.
This is mainly due to a difference in sampling inasmuch as
the DT generalization sample includes fewer ears with
EOAE SNRs of 0 dB than the VRA sample, and, hence, has
reduced fail rates. The prevalence of fails for the two-stage
tests~5%! is nearly the same as the false-positive rate for the
two-stage tests in Table IV, i.e., 50–51 fails in 1027 normal-
hearing ears is a false-positive rate of 5%.

By coincidence, the independently selected pass/fail cri-
teria for the DPOAE and TEOAE tests categorized the DT
generalization sample into identical subgroups that passed or

FIG. 4. The ROC curves are plotted
for the DT predictor of middle-ear
dysfunction in a population of normal-
hearing ears using DPOAE, TEOAE,
ABR, two-stage DPOAE/ABR, and
TEOAE/ABR screening tests as la-
beled on each panel. The DT predictor
classifies ears as passing or failing the
screening test, with a fail interpreted
as evidence of middle-ear dysfunction.
The optimal choice of DT screening
criterion is shown for each test by the
circle.
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failed each test. This explains their identical fail rates and
ROC test performance, and, similarly, the identical fail rates
and ROC test performance between the two-stage tests.
Comparing results on the DT generalization sample and
those listed in Table IV, the ROC areas for the DT generali-
zation sample are larger for predicting DPOAE and TEOAE
test status~0.82 versus 0.78 and 0.74 in Table IV!, similarly
poor for predicting ABR status~0.57 versus 0.58!, and simi-
lar for the two-stage tests~0.85 versus 0.84 and 0.81!. These
ROC analyses suggest that the DT test has adequate gener-
alization properties on a different population at risk for
middle-ear dysfunction, even with the added confound of the
unknown hearing status in the DT generalization sample.

V. DISCUSSION

The YR response measures the input frequency response
at a probe location in the ear canal a small distance from the
tympanic membrane. Inter-ear variations in this response in-
dicate inter-ear variations in how the middle ear and ear ca-
nal receive, absorb, and transmit sound energy. The YR re-
sponse is not a direct measurement of forward or reverse
sound transmission between the middle ear and cochlea.
Nevertheless, inter-ear variations in this input YR response
in neonatal ears are influenced by differences in forward and
reverse transmission, as evidenced by the influence of inter-
ear variations of YR responses on inter-ear variations of
EOAEs and ABRs~Keefeet al., 2003!. The structure of the
YR response, viewed as an overall response pattern, provides
indirect information on middle-ear transmission and may as-
sist in NHS applications.

Results using the YR response have been obtained on
classifying sensorineural hearing status and in predicting
middle-ear dysfunctions. To classify hearing status, the YR
response is included with the main hearing screening vari-
ables~EOAE, ABR! to predict the results of the behavioral
VRA test. The YR factors enter the predictor as interactions
with the main screening variables rather than as main vari-
ables, because an assessment of middle-ear functioning does
not directly provide information on sensorineural hearing
loss but rather provides information on the relative weighting
of the main screening variables as influenced by the effects
of middle-ear functioning. These results are discussed below
in Sec. V A. To predict middle-ear dysfunction, the YR fac-
tors are main variables in predicting those normal-hearing
ears in which the EOAEs and ABRs are outside the normal
range of responses. In this task, the YR factors are predicting
a physiological outcome~i.e., absent or anomalous EOAEs
and ABRs! rather than a behavioral outcome as in the pre-
dictor of hearing status. These results are discussed below in
Sec.V B.

A. Classification of hearing status

The present results indicate that knowledge of ear-canal
and middle-ear status improves the prediction of hearing sta-
tus. The criterion for improvement is based on the likelihood
ratio test of the larger logistic regression model including the
YR factor~s! as interactions and the smaller model including
only the EOAE SNR or ABRFsp. The DPOAE and ABR
models are improved by inclusion of selected factors with a

p value of 0.05, and the TEOAE models are improved with a
p-value of 0.10~Table II!. This latter p value is accepted
because the paucity of subjects with sensorineural hearing
loss in the sample increases the likelihood that an effect may
be present, but difficult to observe from the background ex-
perimental noise.

The particular factors entering each solution are also
tabulated, showing thatFRHI is not included in any predic-
tor. At face value, this might appear to contrast with the
analyses in Keefeet al. ~2003!, which showed thatFRHI was
highly correlated with EOAE levels and some ABR laten-
cies, andFRHI was the most important factor in classifying
EOAE responses. However, this apparent contrast arises be-
causeFRHI has a strong negative correlation with EOAE
level as well as EOAE SNR. Because the EOAE SNR is
present as an independent variable in the model, thenFRHI
becomes redundant. Those factors that are less well corre-
lated to the EOAE SNR are the ones that add new informa-
tion when included in a model to predict sensorineural hear-
ing loss. The case ofFRHI and the ABR is similar. The
multivariate models include the low-frequency portions of
the YR response, which provide information on ear-canal
and middle-ear functioning that is largely independent of the
information in the YR response at high frequencies. This is
because the factors were constructed to be uncorrelated
~Keefeet al., 2003!.

An important structural property of the model is that the
YR factors enter asinteractionswith EOAE or ABR vari-
ables rather than as main effects. It would be appropriate to
use YR factors as main effects if there were a conductive
component to the hearing loss, but such models with factors
as main effects do not improve the prediction of sensorineu-
ral hearing loss. The best models of sensorineural hearing
loss are constructed using interactions of YR factors with
EOAE or ABR variables. Examples of how the individual
YR factors influence the predictions of sensorineural hearing
loss are described in detail in Appendix A, and summarized
as follows. In the context of EOAE or ABR screening, the
likelihood of middle-ear dysfunction is increased by:~1!
large reflectance at low frequencies~largeFRLO!; ~2! small
equivalent volume or large acoustic conductance at low fre-
quencies~smallFYLO!; and~3! large equivalent volume and
acoustic conductance at 3–6 kHz, and small equivalent vol-
ume at 8 kHz~large FYHI!. An important clinical problem
limiting the efficacy of NHS programs is the high false-
positive rate. It is advantageous in a screening program to
have high sensitivity to accomplish its main goal of identi-
fying infants with sensorineural hearing loss, and high speci-
ficity to control unnecessary referrals of infants with normal
hearing. The present results show that including YR factors
in the predictive model of sensorineural hearing loss can re-
duce the false-positive rate, when comparisons are made
with univariate predictive models at fixed sensitivities~Fig.
2!. The YR factors exert influence in the models over the
range of EOAE SNR and ABRFsp values that are interme-
diate between very low values, predictive of sensorineural
hearing loss, and high values, predictive of normal hearing.
Because the factors enter the EOAE-based predictors as in-
teractions
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with SNR, they have no effect on the predictions in approxi-
mately 15% of ears in the sample in which SNR50.

These results suggest that the false-positive rates of
NHS programs using EOAE and ABR tests may be better
controlled by including a YR test. The YR test, which takes
only seconds to perform~Keefeet al., 2000!, might be com-
pleted before the EOAE or ABR test, because the YR test
includes a more accurate test of probe fit. Thus, the operator
could adjust probe fit before concluding the YR test and
proceeding to the EOAE or ABR test. Any improvement in
probe fit would likely be beneficial for the subsequent EOAE
or ABR test. The steps in constructing the predictor of hear-
ing based on measurements of EOAE or ABR responses, and
a YR response, are described in Appendix B.

The areas under the ROC curves for the models with and
without the YR factors do not differ significantly at thep
50.05 level, although the TEOAE and ABR areas in the full
set are different at thep50.10 level. These area estimates
are probably more inaccurate than the estimates of the like-
lihood ratio because the area under the ROC curve is highly
sensitive to the small number of impaired ears. For example,
each ROC curve in Fig. 1 is based on less than 20 observa-
tions in impaired ears, evidenced as discrete steps along the
sensitivity axis, compared to approximately a thousand ob-
servations in normal-hearing ears, evidenced as discrete steps
along the specificity axis. This reflects the low prevalence of
sensorineural hearing loss in the sample population. The
likelihood ratio test is an overall test of model fit, and not
overly dependent on the distribution of responses in ears
with sensorineural hearing loss. The present emphasis on re-
duction in false-positive rates is based on observed shifts of
tens or hundreds of responses along the specificity axis, and
it appears reasonable given the large number of ears with
normal hearing. Nevertheless, there is the potential for error
due to the small number of observations in impaired ears.
These limitations notwithstanding, models that included
measures of middle-ear functioning~YR responses! resulted
in slightly higher ROC areas in every case. Additional stud-
ies are needed on sample populations with more neonates
with sensorineural hearing loss.

A different interpretation of these results is that the ob-
served improvement in predicting hearing status in models
including EOAE SNR and YR factors may be due to simply
having provided more information concerning the auditory
system in adding the YR factors, which may have been
equally resident in other EOAE variables. In studies on pre-
dicting sensorineural hearing loss in older children using
TEOAEs ~Hussainet al., 1998! and in patients of all ages
using DPOAEs~Dorn et al., 1999!, the inclusion of multiple
EOAE response variables into a multivariate predictor had
better test performance than a model using a single EOAE
level or SNR variable. In the results described above, the
independent EOAE variable in the predictor was the mini-
mum SNR at 2, 3, or 4 kHz. A reasonable choice of inputs
for a multivariate EOAE predictor are the corresponding sig-
nal and noise variables at 2, 3, and 4 kHz, or six inputs in all,
as these represent the conditions in which reliable data were
obtained most often in the INHI study~Nortonet al., 2000b!.
Their use also parallels multivariate analyses used in previ-

ous research. These allow the predictor to separately weight
the EOAE and noise levels at different frequencies. Such a
model becomes the new baseline model against which to test
whether the addition of YR factors to this baseline model
improves test performance.

To examine this possibility, the YR factors are added as
interactions in a larger model, such that the particular factors
added are those listed for DPOAE and TEOAE models in
Table II. As described earlier, there is a need to keep the
number of independent variables small, and the new baseline
model already has six variables whereas the older baseline
model used one variable. Constructing each interaction be-
tween each of the EOAE levels at three frequencies, and up
to three factors per model, would lead to as many as nine
interactions, or 15 independent variables in total, a number
that is excessive in relation to the small number of ears with
sensorineural hearing loss. For this reason, interactions are
calculated between the broadband EOAE SNR variable used
in the earlier results and each factor. For the case of three
factors, there are only three interactions for a total of nine
variables.

The results of this comparison show that the larger
model including YR factors is better for both DPOAE and
TEOAE predictors. Thep values associated with the likeli-
hood ratio test are significant at the 0.05 level for DPOAEs,
and at the 0.10 level for TEOAEs~Table V!. This pattern of
p values duplicates the results described earlier for models
using a single EOAE variable, which showed a stronger ef-
fect for interactions with ear-canal and middle-ear status us-
ing DPOAE variables than TEOAE variables. The predictive
information in the YR response is retained despite the added
information in the multivariate EOAE response. The corre-
sponding ROC areas are always larger when the YR factors
are included, e.g., equal to 0.94 for the DPOAE-based pre-
dictor. These results confirm and extend the previous analy-
ses that demonstrate that knowledge of ear-canal and middle-
ear status improves test performance for predicting
sensorineural hearing loss. The YR response contains infor-
mation concerning the response of the ear that is not dupli-
cated in the multivariate EOAE response.

B. Tests of middle-ear dysfunction to interpret
false-positive screening results

Based on the observations that middle-ear dysfunction
reduced EOAE levels and increased ABR latency, a test of
middle-ear dysfunction~DT test! was devised based on the
presence or absence of DPOAEs and TEOAEs in normal-
hearing ears using threshold values of DPOAE and TEOAE
SNR. An alternative test of middle-ear dysfunction~DTA!
was devised based on the presence or absence of DPOAEs,

TABLE V. The effect of adding YR factors to multivariate EOAE models.

Model p ROC area

DPOAE 0.90
DPOAE1Interactions 0.034 0.94
TEOAE 0.87
TEOAE1Interactions 0.095 0.90
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TEOAEs, and ABRs using threshold values of DPOAE and
TEOAE SNR, and ABRLV(70). The DT and DTA tests
were constructed on a sample population of normal-hearing
ears, and compared with respect to their ability to correctly
classify ears as having middle-ear dysfunction. The criterion
for middle-ear dysfunction was a fail on the predictive test of
hearing status during the neonatal period, followed in the
original INHI data collection by VRA results~8 or more
months later! indicating that hearing was normal. Several
hearing-status screening tests or test combinations were
evaluated, including DPOAE, TEOAE, ABR, two-stage
DPOAE/ABR, and two-stage TEOAE/ABR tests. For each
hearing-status test, the ROC area for the DT test exceeded
that for the DTA test; this area difference was significant at
the p50.05 level for the DPOAE/ABR test and at thep
50.10 level for the TEOAE and TEOAE/ABR tests. This
suggests that the DT test is, overall, a better predictor of
middle-ear dysfunction than the DTA test. In addition, the
DT test is favored over the DTA test because it is expected to
be a more robust test. This is based on the larger number of
false-positives in the DT training set~114 ears! than the DTA
training set~47 ears!. For classifying false positives in the
two-stage EOAE and ABR tests using the DT predictor, the
areas under the ROC curve are in the range 0.81–0.84~Table
IV !.

The DT and DTA logit coefficients are similar~Table
III !, with both strongly weighting the high-frequency reflec-
tance factorFRHI that is important in accounting for the
structure of EOAE responses and ABRs~Keefeet al., 2003!.
The weighting strength is assayed in terms of the largeFRHI
odds ratio of 3.58 in the DT predictor. The other factors
entering the DT predictor, sorted in order of decreasing odds
ratio or inverse odds ratio~using whichever of the pair ex-
ceeds unity!, are FYRMI ~2.50!, FYMI ~1.68!, FY7k ~1.32!,
andFYLO ~1.23!. The factors that do not enter the DT pre-
dictor areFYHI and FRLO. It is interesting thatFYHI and
FRLO enter one or more of the predictors of hearing status
~Table II!, but not the predictors for middle-ear dysfunction,
and vice versa forFRHI, FYRMI, FY7k, andFYMI. The only
factor entering both types of predictors isFYLO. FYLO is
hypothesized to be the most highly correlated YR factor with
tympanometry at frequencies up to 1 kHz, because both are
measures of acoustic admittance in this frequency range.
This inclusion asymmetry in the factors entering the hearing-
loss and middle-ear dysfunction predictors was described
earlier for FRHI, and arises because EOAE SNR and ABR
Fsp are main variables in the predictors of hearing status.
When these main variables are present in the predictor, the
factors that account for their presence or absence become
redundant and are therefore not included in the predictor.

A practical example is presented of the performance of
the DT test of middle-ear dysfunction in hearing screening
based on DPOAE, TEOAE, ABR, two-stage DPOAE/ABR,
and two-stage TEOAE/ABR tests in the VRA-FP popula-
tions. These VRA-FP tests use the same 80% specificity cri-
terion for pass/fail thresholds that was used in the INHI
study~Fig. 10 in Nortonet al., 2000b!. The test criterion for
the DT test is at the ‘‘optimal’’ choice of specificity and
sensitivity, which is defined as the point on each ROC curve

at which the product of specificity and sensitivity is a maxi-
mum. This might be a reasonable pass/fail criterion in a test
of middle-ear dysfunction, as a compromise between the
twin, and usually opposing, requirements of high specificity
and high sensitivity, because the optimal point tends to have
nearly equal specificity and sensitivity. These are opposing
requirements when there is overlap between the pair of dis-
tributions defined by the gold standard, as is the case here.
The optimal point on each ROC curve in Fig. 4 is repre-
sented by a circle. Table VI lists for each test at its optimal
point the corresponding specificity~‘‘true negative’’ and
middle-ear dysfunction ‘‘absent’’! and sensitivity ~‘‘false
positive’’ and middle-ear dysfunction ‘‘present’’!.

Table VI provides an opportunity to review the implica-
tions of the choice of a hearing screening test specificity of
80%. The DPOAE test specificity is 842/102750.82, which
corresponds to that choice of SNR threshold producing a
specificity closest to 80%, and the corresponding DPOAE
test sensitivity is 13/1550.87. The two-stage DPOAE/ABR
test specificity is 976/102750.95 and its test sensitivity is
12/1550.80. In this instance, the addition of the ABR test
~with a test specificity of 829/102750.81) improves the two-
stage DPOAE/ABR test specificity at the cost of diminished
sensitivity ~one less impaired ear was correctly classified!.
This illustrates a problem analogous to that which arises in
evaluating the addition of a test of middle-ear dysfunction to
NHS programs, insofar as an improvement in DPOAE test
specificity ~by adding ABR! is obtained at the cost of a re-
duction in DPOAE test sensitivity. Appendix A describes
trade-offs between specificity and sensitivity when YR fac-
tors are added as interactions with EOAE or ABR variables
to predict hearing status. This example shows the trade-offs
are not unique to the addition of the YR tests, but are present
in the two-stage DPOAE/ABR tests as well~the same trade-
off occurs in the two-stage TEOAE/ABR tests!. One ap-
proach to ameliorate this problem might be to modify the test
criteria for the DPOAE and ABR tests to maintain the same
sensitivity as for the DPOAE test alone, but the ability to
effectively assess the modification is limited by the small
number of impaired ears.

Returning to the issue of predicting middle-ear dysfunc-
tion and the DT test performance listed in Table VI, for the
results of DPOAE testing on normal-hearing ears, the opti-
mal DT criterion provides a true-negative rate~or middle-ear
specificity! of 654/84250.78, and a false-positive rate~or
middle-ear sensitivity! of 128/18550.69. The DT test for the
results of TEOAE testing on normal-hearing ears also has a
higher true-negative rate~0.80! than false-positive rate
~0.61!, but the results on the ABR and two-stage tests have
true-negative~0.58! and false-positive~0.56! rates that are
nearly equal. For predicting two-stage EOAE/ABR test per-
formance on normal-hearing ears, the DT test has true-
negative and false-positive rates within 1% of 77%.

Selecting the two-stage DPOAE/ABR test results for
further study~similar results are obtained for the two-stage
TEOAE/ABR test!, 78% of the false positives are classified
as having failed due to middle-ear dysfunction. Of the 51 of
1027 ears~5.0%! failing the two-stage screening, 40 ears
have middle-ear dysfunction and 11 ears do not. From this
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perspective, the unexplained fail rate is reduced from 5.0%
to 11/102751.1%.

However, the results on the 15 ears with sensorineural
hearing loss must also be considered, corresponding to a
prevalence of sensorineural hearing loss of 15/(1027115)
51.4%. This prevalence is approximately an order of mag-
nitude larger than that for a general screening population
because of the effort in the INHI study to preferentially re-
cruit subjects with risk factors for sensorineural hearing loss.
The DPOAE/ABR test correctly classifies 12 of 15 ears with
sensorineural hearing loss~the total true positives in Table
VI !. Of these 12 true positives, 7 ears are judged to have
middle-ear dysfunction and 5 ears are not. The 5 ears with
normal middle-ear functioning are unambiguously identified
as having sensorineural hearing loss, but there is ambiguity
between the results on the 7 ears failing the DPOAE/ABR
test and failing the middle-ear test. These test results may be
explained by identifying the ears as having sensorineural
hearing loss and middle-ear dysfunction. The DPOAE/ABR
test incorrectly classifies 3 of 15 ears with sensorineural
hearing loss~the total false negatives in Table VI!. Of these 3
false negatives, 1 ear is judged to have middle-ear dysfunc-

tion and 2 ears are not. The middle-ear test does not help
explain why these ears passed the two-stage DPOAE/ABR
test but nonetheless had sensorineural hearing loss at the
time of VRA testing, and particularly so for the 1 ear that
was judged to have middle-ear dysfunction~unless middle-
ear pathology was related to subsequent development of sen-
sorineural hearing loss!.

These results illustrate the fact that ears with middle-ear
dysfunction may or may not have sensorineural hearing loss.
Just because an ear fails a hearing-screening test due to
middle-ear dysfunction does not mean that the ear does not
have a sensorineural hearing loss. There can be ears with
pure sensorineural hearing loss, pure conductive loss, or a
mixed loss with both sensorineural and conductive compo-
nents. The test of middle-ear dysfunction provides an out-
come measure that may be useful for diagnosing the senso-
rineural hearing loss. It is probably more robust than the
multivariate tests that include YR variables in the predictor
of sensorineural hearing loss due to the much larger number
of impaired ears in its accompanying gold standard—15 ears
for the predictors in Table II versus 114 ears for the DT
predictor in Table III. The test of generalization using the DT

TABLE VI. Performance table of DT test of middle-ear dysfunction for DPOAE, TEOAE, ABR, DPOAE/ABR,
and TEOAE/ABR hearing tests in which each hearing test is set at 80% specificity and each DT test set at the
optimal criterion at which the product of DT specificity and sensitivity is a maximum. In each boxed row
containing two lines, the top number is the number of ears and the bottom number is the corresponding
proportion. For example, in the DPOAE test type for the true negative test outcome, 654 ears had absent
middle-ear dysfunction corresponding to a proportion of 0.78 of the total number of ears.

Test
type

Normal-hearing ears Sensorineural hearing-loss ears

Test
outcome

Middle-ear dysfunction
Test

outcome

Middle-ear dysfunction

Absent Present Total Absent Present Total

DPOAE True negative 654 188 842 False negative 2 0 2
0.78 0.22 1.00 0.00

False positive 57 128 185 True positive 5 8 13
0.31 0.69 0.38 0.62

Total normal 711 316 1027 Total impaired 7 8 15
0.69 0.31 0.47 0.53

TEOAE True negative 663 170 833 False negative 2 1 3
0.80 0.20 0.67 0.33

False positive 75 119 194 True positive 5 7 12
0.39 0.61 0.42 0.04

Total normal 738 289 1027 Total impaired 7 8 15
0.72 0.28 0.47 0.53

ABR True negative 482 347 829 False negative 1 1 2
0.58 0.42 0.50 0.50

False positive 88 110 198 True positive 3 10 13
0.44 0.56 0.23 0.77

Total normal 570 457 1027 Total impaired 4 11 15
0.56 0.44 0.27 0.73

Two-Stage
DPOAE/ABR

True negative 750 226 976 False negative 2 1 3
0.77 0.23 0.67 0.33

False positive 11 40 51 True positive 5 7 12
0.22 0.78 0.42 0.58

Total normal 761 266 1027 Total impaired 7 8 15
0.74 0.26 0.47 0.53

Two-Stage
TEOAE/ABR

True negative 758 219 977 False negative 2 2 4
0.78 0.22 0.50 0.50

False positive 12 38 50 True positive 5 6 11
0.24 0.76 0.45 0.55

Total normal 770 257 1027 Total impaired 7 8 15
0.75 0.25 0.47 0.53
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test confirms that the predictor is robust. If a subject fails a
hearing-screening test, the subject is retested later. By track-
ing the test results for predicting both hearing status and
middle-ear dysfunction, it may be possible to improve the
identification of the type of sensorineural hearing loss. The
inclusion of air-conduction and bone-conduction ABR and/or
behavioral testing, the latter at an age for which reliable re-
sults can be obtained, might be used to judge the relative
effectiveness of the YR test in predicting a conductive hear-
ing loss.

In summary, a test of middle-ear status would help to
refine the overall diagnosis of sensorineural hearing loss, and
in interpreting measurements of YR responses in conjunction
with EOAE ~and ABR! results. The DT test was constructed
on normal-hearing ears in which both DPOAE and TEOAE
responses were either present or absent. This redundancy in
EOAE testing assisted in categorizing those ears with both
EOAEs present as having normal middle-ear functioning,
and those ears with both EOAEs absent as having middle-ear
dysfunction. The latter interpretation was supported by the
constraint on subject inclusion that all ears had normal VRA
results. After constructing the DT predictor, it was used to
explain single-stage and two-stage test results using EOAE
and ABR measurements on two populations, one on which
hearing status was known and another on which hearing sta-
tus was unknown~the generalization test!. Knowing that a
middle-ear dysfunction exists during the perinatal period
may have the benefit of providing greater information on the
condition of the ear, even though a subsequent hearing test
still will be needed in order to establish whether a senso-
rineural hearing loss exists. These results suggest that the YR
response may provide such a screening test of middle-ear
dysfunction.

VI. CONCLUSIONS

In screening tests to predict sensorineural hearing loss in
neonates using DPOAEs, TEOAEs, and ABRs, the inclusion
of the YR response improves the performance of tests based
on DPOAEs and ABRs, and perhaps improves the perfor-
mance of tests based on TEOAEs. This suggests that the YR
test of middle-ear and ear-canal functioning may improve the
overall accuracy of NHS programs based on EOAE and ABR
testing. A YR test to predict middle-ear dysfunction has been
constructed that classifies EOAE responses in normal-
hearing ears as present or absent. The false-positive out-
comes in the two-stage screening tests in normal-hearing
neonates are classified as having middle-ear dysfunction with
areas under the ROC curve of 0.84 for DPOAE/ABR and
0.81 for TEOAE/ABR. The addition of a YR test to a NHS
program may have benefits for the subsequent diagnosis of
sensorineural hearing loss, because the YR response im-
proves the models of test performance of EOAE and ABR
screening tests, and predicts the presence of middle-ear dys-
function as evidenced in the inability to record EOAEs in
normal-hearing ears.

The use of YR testing in hearing screening does not
duplicate or replace the use of bone-conduction ABR and
bone-conduction audiometry in follow-up testing to diagnose
the specific type of hearing loss. Assuming that the bone-

conduction and air-conduction tests were suitably cross cali-
brated on populations of normal-hearing neonatal ears across
a range of ages, an assumption for which objective criteria
are not presently available, the comparison of bone-
conduction and air-conduction ABRs and audiograms would
give a direct measure of a possible conductive component to
the hearing loss. Even if such objective criteria were avail-
able, this still leaves open the problem in early newborn
hearing screening programs of classifying ears as having
probable middle-ear dysfunction, for which the present re-
sults provide objective test performance.
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APPENDIX A: INTERPRETATION OF MULTIVARIABLE
PREDICTOR COEFFICIENTS PREDICTING
HEARING STATUS

One example using the ABR response is considered in
detail to understand how the ear-canal and middle-ear factors
influence the prediction of sensorineural hearing loss. The
logit L for this predictor is taken from the results in Table II
to be

L5c1* Fsp1c2* Fsp* FRLO1c0 ,

in terms of the regression coefficientsc1522.10, c2

520.39, andc051.27. An increase in the logit function
increases the probabilitypL of sensorineural hearing loss,
becausepL5o(L). The coefficientc1,0 in this example,
signifies that increasingFsp is associated with decreasing
probability of sensorineural hearing loss, becauseFsp is al-
ways positive~as the SNR of the EOAEs is always non-
negative!. It is revealing to rewrite the logit as

L5~c11c2* FRLO!* Fsp1c0 ,

which shows that the more negative is the term (c1

1c2* FRLO), the lower is the probability of sensorineural
hearing loss. Becausec2,0, a positive value ofFRLO,
which is normalized like all factors to have a mean of zero
and standard deviation~s.d.! of 1, decreasesL and thus de-
creases the probability of classifying the ear as having sen-
sorineural hearing loss. In an ear with normal hearing, this
reduces the false-positive rate. Therefore, large values of
FRLOare associated in this model with probable middle-ear
dysfunction. In the corresponding univariate predictor based
solely on ABRFsp, there is no possibility for a reduction in
L due to the largeFRLO value; its calculated probability of
sensorineural hearing loss is higher, which increases the like-
lihood of a false-positive test result. Figure 1 and Table II of
Keefe et al. ~2003! show that the largest magnitude factor
loadings of FRLO-6 are on the energy reflectance in the
range 0.25–1 kHz, so that large values ofFRLO are pro-
duced by large energy reflectance at these frequencies. A
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small ~i.e., negative! value of FRLO would be evidence that
the ear-canal and middle-ear status is not responsible for a
predicted sensorineural hearing loss in an ear. This, too, may
be useful information in a neonatal hearing screening pro-
gram.

The predicted probability for sensorineural hearing loss
is plotted in Fig. 5 for the cases thatFRLO522, 0, and12.
The nonzero values correspond to shifts in the reflectance
factor by two standard deviations below and above the mean
FRLO50. High values ofFRLO show the reduction in the
predicted probability of sensorineural hearing loss, which
acts to reduce the false-positive rate.

The same trend occurs for false-negative ears, which are
those ears with sensorineural hearing loss and strong ABR
responses, but the consequences are opposite. A largeFRLO
value associated with probable middle-ear dysfunction re-
duces the probability of sensorineural hearing loss, which
increases the false-negative rate and decreases the sensitivity.
This is an unavoidable consequence of adding a test of ear-
canal and middle-ear status to a hearing screening program.
Identification of middle-ear dysfunction reduces the false-
positive rate and increases the false-negative rate, because an
ear with sensorineural hearing loss may also have middle-ear
dysfunction. There are trade-offs between the high preva-
lence of false positives and low prevalence of false nega-
tives, versus the societal costs of missing an ear with senso-
rineural hearing loss. The problem of a middle-ear test
increasing the false negative rate may be lessened if the ear
identified as having middle-ear dysfunction receives a
follow-up clinical evaluation, including a hearing test. Thus,
a reliable outcome on a test of hearing is needed at some
point early in life.

Because the predictor models based on EOAE SNR and
ABR Fsp in Table II have a main effect withc1,0, the
interpretation of the YR interaction variables is the same as
in this example. For those interaction coefficients~such asc2

in this example! that are negative, a large factor score is
associated with an increased likelihood of middle-ear dys-
function. This acts to decrease the false-positive rate, and

increase the false-negative rate. For those interaction coeffi-
cientsc2 that are positive, a small~i.e., negative! factor score
is associated with increased likelihood of middle-ear dys-
function, a decrease in false-positive rate, and an increase in
false-negative rate.

An example of the latter is the TEOAE predictor, for
which the coefficient associated with the interaction SNR
3FYLO is c250.19 ~Table II!. A small value ofFYLO is
produced by small equivalent volume and large acoustic con-
ductance in the frequency range 0.25–1 kHz@see Fig. 1 in
Keefeet al. ~2003!#. Small, but positive, equivalent volumes
at these frequencies are associated with a stiffened tympanic
membrane, while smaller, and negative, equivalent volumes
are associated with an additional shunt resonance that may
be related to a resonant motion of the ear-canal wall~Keefe
et al., 1993!. This type of shunt-resonance response in neo-
nates and young infants complicates the interpretation of
low-frequency tympanometry. These same issues may help
explain the high false-positive rate in EOAE testing. Large
acoustic conductances are associated with large amounts of
power absorbed in the ear canal and middle ear, and are
observed in conjunction with this same shunt resonance. This
interaction involving FYLO with positive coefficient is
present for both TEOAEs and DPOAEs.

FIG. 5. The predicted probability of hearing loss is plotted versus ABRFsp
for the VRA sample for values of factorFRLO of 22, 0, and 2.

TABLE VII. Mean and standard deviation~s.d.! of YR variables.

f ~kHz! Mean s.d.

Reflectance 0.25 0.216 0.210
0.35 0.229 0.179
0.50 0.249 0.169
0.71 0.258 0.165
1.00 0.290 0.209
1.40 0.191 0.187
2.00 0.177 0.204
2.83 0.230 0.209
4.00 0.315 0.234
5.66 0.199 0.168
8.00 0.302 0.209

Equiv. volume
~cm3!

0.25 0.115 0.518
0.35 0.028 0.359
0.50 0.073 0.267
0.71 0.139 0.209
1.00 0.189 0.174
1.40 0.121 0.160
2.00 20.003 0.133
2.83 20.022 0.085
4.00 0.040 0.080
5.66 0.020 0.070
8.00 20.038 0.073

Conductance
~mmho!

0.25 0.934 0.772
0.35 0.832 0.713
0.50 0.753 0.599
0.71 0.730 0.481
1.00 0.837 0.536
1.40 1.421 0.748
2.00 1.525 0.892
2.83 1.025 0.771
4.00 0.912 0.910
5.66 2.113 1.658
8.00 1.958 1.653
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APPENDIX B: CALCULATING THE MULTIVARIABLE
PREDICTOR OF SENSORINEURAL HEARING
LOSS FOR AN INDIVIDUAL EAR

Using test results in a single ear, the steps in calculating
the predicted sensorineural hearing loss are as follows:

~1! Convert the YR response to a normalized YR response
using the population norms. Each YR variable is charac-
terized by a population sample meanm and standard
deviation ~s.d.! s, with subscriptsR for energy reflec-
tance,V for equivalent volume, orG for acoustic con-
ductance to denote the variable type. The normalized YR
variablesRN , VN , and GN are calculated at each fre-
quency by
RN5~R2mR!/sR,

VN5~V2mV!/sV ,

GN5~G2mG!/sG .
The mean and s.d. of each YR variable are listed in Table
VII.

~2! Calculate each YR factor as a sum over products of each
factor loading@Tables II and IV in Keefeet al. ~2003!#,
and each normalized YR variable.

~3! Calculate the logit function and probability of senso-
rineural hearing loss using the logistic regression coeffi-
cients ~Table II!, the YR factors, and the individual
scores for EOAE SNR and ABRFsp.

The tabulated mean and s.d. are similar to the percentiles of
the YR responses with leaky ears excluded in the INHI study
@Fig. 5 of Keefeet al. ~2000!#. In a computer implementation
of the tests, these YR means and s.d.’s, factor loadings, and
logistic regression coefficients may be stored and accessed
by software to calculate a prediction of hearing status based
on YR and EOAE test results, or YR and ABR test results.
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A new method is presented for estimating cochlear tuning starting from measurements of either the
transient evoked otoacoustic emission latency or the spontaneous otoacoustic emission minimal
spacing. This method could be useful in obtaining indirect information about the tuning curve,
particularly for subjects that, like neonates, cannot be studied with psycho-acoustical techniques.
Theoretical models of the acoustic transmission along the cochlea based on the transmission line
formalism predict a relation between the otoacoustic emission latency and the frequency. This
relation depends on the tuning curve, i.e., the frequency dependence of the quality factor of the
cochlear resonances. On the other hand, models for the generation of spontaneous emissions based
on the concept of coherent scattering from cochlear random inhomogeneities imply an independent
relation between the tuning curve and the minimal frequency spacing between spontaneous
emissions. In this study, experimental measurements of the otoacoustic emission latency and of the
minimal spacing between spontaneous emissions are presented. Theoretical relations are derived,
which connect these two measured quantities and the tuning curve. The typically longer latency of
neonates implies a higher degree of tuning at high levels of stimulation. ©2003 Acoustical Society
of America. @DOI: 10.1121/1.1523389#

PACS numbers: 43.64.Jb@BLM #

I. INTRODUCTION

Otoacoustic emissions~OAEs! provide many different
experimental techniques for studying the cochlear physiol-
ogy ~Probstet al., 1991!. The possibility of getting noninva-
sive cochlear tuning estimates by analyzing either the tran-
siently evoked OAEs~TEOAEs! latency or the spontaneous
OAE ~SOAE! spectrum is analyzed in this study. Distortion
product OAEs~DPOAEs! suppression tuning curves~STCs!
have been used to estimate the cochlear tuning in adults
~Brown and Kemp, 1984; Harriset al., 1992; Kummeret al.,
1995! and neonates, finding narrower STCs in preterm neo-
nates~Abdala, 2001, 1998!.

A different approach can provide information about co-
chlear tuning from measurements of the cochlear latency.
The theoretical link between tuning and latency is provided
by cochlear models based on the transmission line formal-
ism. This formalism is based on the analogy between the
cochlear membrane and an equivalent electrical transmission
line. The cochlear analog of the line voltage is the pressure
difference between the two sides of the membrane, while the
equivalent of the electric current is the time derivative of the
membrane transverse displacement. To account for the tono-
topic properties of the cochlea, the transverse electrical im-
pedance of the line is assumed to be locally resonant at the
frequency given by the Greenwood map~Greenwood, 1990!.

In this theoretical framework, the relation between cochlear
latency and tuning may be computed. As it will be shown in
some detail in the Model section, the basic idea is that the
OAE spectral latency is the delay due to the round-trip
acoustic transmission to the OAE generation place and back
to the detector. This delay is dominated by the cochlear con-
tribution, which can be computed for each frequency as the
integral over the cochlear path of the inverse group velocity.
The group velocity is computed from the relation between
the wave vectork and the angular frequencyv. The details of
this relation are dependent on the assumed cochlear model.
However, in any reasonable model the relation betweenk
andv has a resonance at the tonotopic place. The traveling
wave velocity decreases when approaching the tonotopic
place proportionally to the sharpness of the resonance. Thus,
the total delay is dependent on the sharpness of the reso-
nance, expressed by the quality factorQ, which is defined as
the ratio between the frequencyv and the bandwidthG of the
resonance itself. Symmetry considerations can be used to get
general results, which are not dependent on the details of the
assumed model. For example, the scale-invariance hypoth-
esis, which is approximately, but not exactly, verified in a
real cochlea, leads to a prediction of inverse proportionality
between latency and frequency~Talmadgeet al., 1998!.

Recently, it has been suggested that group-delay data
obtained from stimulus-frequency OAE~SFOAE! phase
measurements be used to get information about the tuning
curve~Sheraet al., 2002!. The slope of the relation between
SFOAE phase and frequency gives an estimate of this delay,
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whose relation with tuning can be predicted using various
cochlear models. Accurate knowledge of the functional rela-
tion between group delay and tuning is needed to get reliable
tuning estimates.

For the same purpose, the use of measurements of the
2 f 1– f 2 distortion product OAE~DPOAE! group delay
~Moulin and Kemp, 1996a; Prijset al., 2000; Schoonoven
et al., 2001! has already been proposed~Moulin and Kemp,
1996b; Bowmanet al., 1998!. The physical quantity that is
measured is, in this case, the DPOAE phase-gradient delay,
which is a characteristic time associated with the slope of the
functional relation between the DPOAE phase and the
DPOAE frequencyf DP52 f 1– f 2 .

The DPOAE phase-gradient delay is actually measured
by sweepingf DP within a narrow range around a set of suit-
ably chosen frequencies~typically spaced by one third of an
octave!. This measure can be performed by sweeping either
f 2 ~fixed-f 1 paradigm, yielding the characteristic delayt1)
or f 1 ~fixed-f 2 paradigm, yielding a conceptually different
delay,t2).

Schoonovenet al. ~2001! measured the frequency de-
pendence of botht1 and t2 , finding t159.31f 2

20.64 and t2

56.48f 2
20.74, with a typical value of 1.5560.23, and a weak

frequency dependence, for the ratiot1 /t2 . They also com-
pared their findings with simultaneous measurements of the
derived acoustic brainstem response~ABR! and compound
action potential~CAP! latencies. They found that their elec-
trophysiological estimates of the forward cochlear delay
were in very good agreement witht2/2.

The DPOAE group delays are related to the round-trip
delay introduced by the forward transmission along the co-
chlear membrane of the primary tones from the source to the
DPOAE generation place and the backward transmission of
the DPOAE to the detector. The DPOAE generation place is
assumed to be near the cochlear place that is resonant atf 2 ,
at least for the 2f 1– f 2 DPOAE. The so-called ‘‘wave-fixed
model’’ actually assumes that the generation place coincide
exactly with thef 2 place, while in the ‘‘place-fixed model’’ it
is associated with some cochlear irregularity at a fixed place
near thef 2 place~e.g., Moulin and Kemp, 1996b; Prijset al.,
2000!. In the wave-fixed model, sweepingf 2 implies sweep-
ing the DPOAE generation place, while in the place-fixed
model it does not. In both models, sweepingf 1 does not
change the generation place. An intermediate hypothesis has
also been considered by Moulin and Kemp~1996b!, in which
the generation place is actually fixed only for smallf 2

changes. On the basis of these simple models, it has been
suggested that the contribution of the filter build-up time,
which is dependent on the sharpness of the cochlear reso-
nance, plays an important role, and affectst1 andt2 differ-
ently. Hence, the idea of estimating the cochlear filter prop-
erties from DPOAE phase-gradient measurements, in
particular, from the difference~or the ratio! betweent1 and
t2 ~Moulin and Kemp, 1996b; Bowmanet al., 1998!.

Moulin and Kemp~1996b! found a ratiot1 /t2 varying
between 1.2 and 1.6, increasing with increasing frequency up
to 4 kHz, and decreasing again above 4 kHz, and suggested
that this behavior could be related to that of the auditory
frequency selectivity.

Bowmanet al. ~1998! measured the difference between
t1 andt2 as a function of the stimulus frequency and inten-
sity. Their results show that this difference is more sensitive
to stimulus amplitude the higher the frequency. If, as they
assume, this difference is related to the filter build-up time,
this means that cochlear tuning is significantly sharper at
high frequencies. Assuming that a linear gamma-tone filter
impulse response approximate that of the real cochlear filter,
they also provided quantitative estimates of the cochlear tun-
ing.

Doubts were cast by Sheraet al. ~2000! on the correct-
ness of the above-described arguments, because the relation
between the measured quantities and cochlear latency and
tuning is not straightforward and model independent. The
theoretically predicted relations are dependent on many
rather uncertain physical assumptions: the number and spa-
tial location of the DPOAE generation sources, their point-
like or distributed nature, the traveling wave transmission,
and the contribution of the filter build-up time. In particular,
it is difficult to disentangle the ‘‘filter build-up’’ time from
the ‘‘wave-travel’’ time, and even to correctly define those
two terms, which actually refer to two contributions to the
overall latency that are both included in the general formal-
ism of the resonant transmission line. It was also observed
that the experimental values of the ratiot1 /t2 are in fair
agreement with model-independent theoretical predictions
based only on dimensional analysis arguments in the scale-
invariant limit. This observation suggests that the ratiot1 /t2

is not very sensitive to cochlear physiological parameters
such as the tuning curve~Sheraet al., 2000; Prijs et al.,
2000!.

In addition to the above-described methods, which give
indirect estimates of the cochlear characteristic time delays
from the slope of the OAE phase-frequency function, other
methods have been proposed, based on the direct measure of
the OAE response delay relative to the stimulus onset. One
of these methods is based on the analysis of the DPOAE
waveform in the time domain, using an averaging technique
that, by suitably varying the phase of the primary tones, per-
mits effectively the cancellation of the primaries and all
other DPOAEs in the average waveform~Whiteheadet al.,
1996!. The authors, comparing the latency data obtained with
this technique with phase-gradient delays measured on the
same subjects, found a reasonable agreement with regard to
the dependence on frequency and on stimulus amplitude. The
interpretation of all the DPOAE latency data, in terms of
cochlear latency and traveling wave velocity, is complicated
by the fact that the stimulus~inward! and the DPOAE~out-
ward! traveling times are not expected to be the same, due to
the frequency difference.

Another method has been proposed which provides es-
timates of the OAE latency from the time–frequency analy-
sis of the TEOAE waveform~Tognolaet al., 1997; Sisto and
Moleti, 2002!. In general, time–frequency analysis tech-
niques provide information on the time evolution of each
frequency component of the TEOAE cochlear response, with
a rather coarse resolution both in the time and in the fre-
quency domain. Nevertheless, this coarse information is of-
ten very useful to study the cochlear transmission mecha-
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nisms. Both the relationship between the wave vector and the
frequency, which determines the traveling wave velocity
~TWV! function, and the spatial distribution of the cochlear
resonant places~Greenwood, 1990! are reflected in the fre-
quency dependence of the OAE latency. The details of the
experimental latency–frequency relationship provide infor-
mation that is useful for investigating the transmission prop-
erties of the cochlear membrane and for testing theoretical
cochlear models~Sisto and Moleti, 2002!.

In the case of TEOAEs, the traveling wave frequency is
the same for the forward and backward contributions to the
latency. Thus, it could be reasonable, at first approximation,
to assume the measured time delay to be twice the cochlear
traveling time in each direction.

A recent analysis of the transiently evoked OAE
~TEOAE! spectral latency generation mechanisms~Sisto and
Moleti, 2002! has shown that, for a simple cochlear trans-
mission model, the TEOAE spectral latency is dependent on
the quality factor of the resonance in a rather simple way,
without making a full scale-invariance hypothesis. Indeed, in
the Model section, it will be shown that it is possible to split
the total cochlear latency into two contributions, only one of
which is dependent on the tuning~Sisto and Moleti, 2002!.
Thus, it is possible to apply to the TEOAE data a variant of
the method proposed by Sheraet al. ~2002! for SFOAEs,
and, if the model is accurate enough, the measure of the
transiently evoked OAE~TEOAE! latency could result in a
powerful tool for estimating cochlear tuning.

From a completely different point of view, it is interest-
ing to note that cochlear models based on the transmission
line formalism and on the concept of coherent reflection by
random inhomogeneities~Zweig and Shera, 1995; Talmadge
et al., 1998! can also be used to predict an independent rela-
tion between the tuning curve and the minimal frequency
spacing between SOAEs. In fact, as it will be shown in the
Model section, the Bragg condition for coherent backscatter-
ing of the traveling wave, which is assumed in these models
to determine the possible SOAE frequencies, is fulfilled only
for a set of frequency values that are equally spaced on a
logarithmic scale~quasiperiodicity!. The minimal spacing
between SOAEs is related to some cochlear length scale,
which in scale-invariant models is assumed to be a constant.
If tuning is not constant along the cochlea, scale invariance is
broken, and the expected minimal spacing between SOAEs
becomes a function of frequency, whose slope is directly
related to that of the tuning curve. Therefore, another inde-
pendent evaluation of the average tuning curve may be ob-
tained starting from measurements of the minimal SOAE
spacings in a homogeneous population of subjects.

All the above-described methods provide information
about the tuning curve from a micromechanical point of
view, because they are sensitive to the local value of the
bandwidth of the cochlear filters. The relation between such
objective measurements and the psychoacoustical determina-
tions of the frequency discrimination capability is beyond the
scope of the present work.

The estimation of cochlear tuning by OAE measure-
ments could be particularly important in the case of neo-
nates, because, for them, no psycho-acoustical technique is

available. Thus, OAE techniques could represent a precious
tool for providing important information about this funda-
mental parameter of cochlear activity in the first days of life.

II. METHOD

In this study, TEOAE and synchronized SOAE
~SSOAE! waveforms recorded using the ILO96 V.5 system
~Otodynamics Ltd.!, from 116 normally hearing ears, 94
from young adults (age518– 25 years! and 22 from full-
term neonates, have been analyzed. The neonate data were
taken within the first 3 days of life. The same adult data had
been previously analyzed in other studies~Sistoet al., 2001;
Sisto and Moleti, 2002; Lucertiniet al., 2002!.

Normal hearing was assessed for the adults using stan-
dard audiometry. The ear was defined as normal if the hear-
ing loss was lower than 20 dB at all test frequencies~0.25,
0.5, 1, 2, 3, 4, 6, 8 kHz!. However, none of the adult subjects
had HL higher than 10 dB at any frequency. For the neo-
nates, normal hearing was hypothesized on the basis of their
high TEOAE reproducibility~.70%!, measured on the glo-
bal waveform, and, separately, in the 2-, 3-, 4-, and 5-kHz
bands. The average global and band reproducibilities were
all higher than 90%.

The data sampling frequency was 25 kHz. TEOAEs
were recorded in the ‘‘nonlinear’’ mode of acquisition to
minimize contamination by linear ringing. In this acquisition
mode, the system records the average response to a train of
click stimuli consisting of repeated~'250! sequences of
three stimuli of a given polarity followed by a stimulus of
triple amplitude and opposite polarity. In principle, the linear
component of the response is canceled with this technique, at
the price of reducing the achievable signal-to-noise ratio
~SNR!, for a given total integration time.

The reproducibility of the TEOAE response~i.e., the
SNR! is evaluated by the ILO system by separately recording
two averages, named A and B, of the otoacoustic responses
to identical alternated trains of stimuli. The difference wave-
form A–B provides a rough estimate of the instrumental
noise. The default spacing between successive stimuli is 20
ms, which is also the duration of the acquired digitized
waveform.

High-amplitude click stimuli (8062 dB) and the default
ILO window, which is a trapezoidal function starting from
zero at 2.5 ms and reaching the flat top linearly 5 ms after the
click, were used for all subjects.

The 20-ms TEOAE waveforms were time–frequency
analyzed by iterative application of filter banks. Spline bior-
thogonal wavelets were obtained by perfect reconstruction
FIR filter banks. The procedure yields a set of wavelet coef-
ficients, which are functions of time, whose frequency band-
width is proportional to frequency, while their time step is
inversely proportional to frequency. Each wavelet coefficient
describes the time evolution of the evoked signal in a given
octave band.

Two different analysis techniques, described in Sisto and
Moleti ~2002!, can be used to get an estimate of the cochlear
latency from these data. In the first one, an average of the
wavelet coefficientsW( f i ,t) is performed over the ears
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k51

Nears

Wk~ f i ,t !, ~1!

and for each average coefficient the time of the maximum
tmax(fi) is found. This time is an estimate of the average
spectral latencŷt( f i)& of the i th frequency band.

The second technique is based upon the identification,
within the wavelet coefficient of a given octave band, of the
response peak associated to a given OAE of known fre-
quency, observed in the TEOAE spectrum of the same ear.
This second technique can be applied only to a subset of ears
for which the structure of the OAE spectrum permits the
unambiguous identification of spectral lines in the wavelet
coefficient waveforms.

The first technique is suitable for the automatic analysis
of large amounts of data, and it has been successfully used to
show significant differences between the latencies of normal-
hearing and impaired ears~Sisto and Moleti, 2002!, and also
between those of normal-hearing ears of subjects exposed to
impulsive firearm noise and of nonexposed subjects~Lucer-
tini et al., 2002!. Unfortunately, due to its poor frequency
resolution and to the shape of the typical TEOAE spectrum,
this technique systematically underestimates the slope of the
latency–frequency relation~Sisto and Moleti, 2002!. This
systematic effect suggests that this technique be used only
for clinical purposes, to detect statistical differences between
populations, because the absolute evaluation of the above-
mentioned slope is not very important in this case. In this
study, which makes use of theoretical model predictions de-
pendent on the details of the functional relationship relating
latency to frequency, only the data taken with the second
technique were used.

SSOAEs were recorded in the ‘‘linear’’ mode of acqui-
sition. In this acquisition mode, the system records the aver-
age response to a train of stimuli consisting of repeated
~'250! identical click stimuli of the same polarity. The spac-
ing between successive stimuli is 80 ms, which is also the
duration of the acquired waveform. The resulting Fourier
spectrum has a frequency resolution of 12 Hz. Despite the
fact that the cochlear response is, also in this case, evoked by
a wideband stimulus, the spectrum of the whole 80-ms wave-
form shows only the lines corresponding to very long-lasting
cochlear resonances. These lines correspond almost exactly
to the properly named SOAEs, which should be measured in
the absence of stimulation, by simply integrating the output
of a microphone placed in the ear canal. The SSOAE tech-
nique takes advantage of the synchronization of the response
to the click stimuli, to increase the SNR by summing coher-
ently only the signal.

The SSOAE spectra were searched for spontaneous
emissions, defined here as the spectral lines whose amplitude
exceeded the local noise level by at least 10 dB.

III. MODEL

The measured latency is made up of a cochlear contri-
bution, tc , due to the round-trip delay associated with the
transmission of the acoustic signal along the cochlear mem-
brane, and of a much smaller contribution from the outer and
middle ear,tnc . Here, it will be assumed to be on the order

of 0.5 ms, according to Sisto and Moleti~2002!. Thus, the
OAE latency is essentially due to the travel time of the
acoustic signal along the basilar membrane from the oval
window to the tonotopic place and back. In the cochlea,
which is the dispersive element of the auditory system, the
temporal dispersion of the different frequency components of
the input signal takes place. This dispersion yields a precise
functional relation between latency and frequency of the
OAEs. The Greenwood map~Greenwood, 1990!, which de-
scribes the tonotopic relation between cochlear position and
resonance frequency, implies that the high-frequency compo-
nents of a complex signal travel a shorter path along the
cochlea than low-frequency components. Thus, it is expected
that the latency is a decreasing function of frequency. To
make quantitative predictions, a full model of the resonant
transmission along the cochlear membrane is needed. An im-
portant class of models, developed with some differences by
many authors~Furst et al., 1988; Talmadgeet al., 1998!, is
based on the electric transmission line formalism. Here, a
simple model of this class is used~Sisto and Moleti, 2002!,
in which a relation is obtained between the wave vector and
the frequency.

A. Cochlear latency and tuning

Due to the tonotopic resonant nature of the line, the
relation between the wave vector and the frequency is a func-
tion of the cochlear positionx

k~v,x!5
vk0

Av2~x!2v21 ivG~x!
, ~2!

wherev52p f is the angular frequency of the wave. It is
possible to compute, as a function ofx, the TWV for a wave
packet of angular frequencyv, as the group velocity associ-
ated with Eq.~2!

ng
21~v,x!5

]k~v,x!

]v
. ~3!

Here, and in the following, the real part of complex quanti-
ties is considered. Integration over the round-trip cochlear
path yields an estimate of the cochlear latency

tc~v!52E
0

x~v!

dx ng
2152E

0

x~v!

dx
]k

]v
. ~4!

Near the resonant place, the group velocity drops rapidly,
increasingly with larger quality factorsQ, over a spatial ex-
tension that is, in turn, inversely proportional toQ. It is pos-
sible to compute separately the contribution to the latency
given by the resonant part of the path, within a constant
fraction of the resonance width, and that coming from the
remaining path, outside the resonance width. It turns out that
the contribution to the latency of the resonance@arbitrarily
assumed to start atx(v)2Dx, with Dx52G/vkv] is quite
independent ofQ, and shows anv21 dependence

t res~v!52E
x~v!2Dx

x~v!

dx
]k

]v
>&

k0

vkv
. ~5!

The other contribution@up to x(v)22G/vkv] can be ana-
lytically computed, applying to Eq.~2! a scale-invariance
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hypothesis, which is approximately valid far from the reso-
nance, even ifQ is not constant

t far~v!>2E
0

x~v!2Dx
dx

]k

]x

]x

]v

5
2~k~x~v!2Dx!2k~0!!

vkv

5
k0

vkv

AQ

A4 17

16
1

2

Q
1

1

Q2

2
2k0

vmaxkv

5a~Q!
k0

vkv

AQ2b, ~6!

where

a~Q!>S 12
1

64D S 12
8

17QD . ~7!

The factora(Q) is very close to unity~0.98! for very high
Qs, and its value is between 0.85 and 0.95 for values ofQ
between 3 and 15, while the small constant,b;0.3 ms, can
be neglected, as a first approximation.

It should be noted here that the scale-invariance hypoth-
esis is not verified in the low-frequency range~below 1 kHz!,
due to the presence of a scale-invariance breaking term in the
Greenwood law, whose effect should be taken into account to
get more accurate predictions at low frequencies.

Using Eqs.~5! and ~6!, it is possible to get information
about the tuning curveQ(v), starting from experimental
measurements of the OAE latencytexp(v). Assuming a con-
stant a50.9, and neglectingb, the following approximate
relation is obtained:

Q~v!5S vkv

ak0
t far~v! D 2

5S vkv

ak0
~texp~v!2tnc2t res~v!! D 2

. ~8!

B. SOAE minimal spacing and tuning

On the other hand, cochlear models of SOAE generation
based on the coherent scattering from cochlear inhomogene-
ities near the resonance place~Zweig and Shera, 1995; Tal-
madgeet al., 1998!, predict that the minimal spatial separa-
tion between the SOAE source places be given by the
condition

k̂D x̂'p, ~9!

wherek̂ is the maximum value of the real part of the wave
vector, which is reached near the resonance place. General-
izing the model to a frequency-dependent tuning

k̂5gk0AQ. ~10!

In the present model, the constantg is quite independent of
Q and approximately equal to 0.8. Using the Greenwood

map, Eq.~9! yields a condition for the minimal frequency
spacing between contiguous SOAEs

f SOAE

D f SOAE
'

gk0

pkv
AQ, ~11!

where f SOAE is the geometric mean of the two SOAE fre-
quencies. Equation~11! permits an independent evaluation of
the tuning curve, starting, in this case, from experimental
measurements of the minimal SOAE spacing

Q~v!5S pkv

gk0

f SOAE

D f SOAE
D 2

. ~12!

Equation~12! is independent of Eq.~8!, and together they
imply a relation between latency and minimal SOAE spac-
ing, which must be verified if the model is internally coher-
ent

f SOAE

D f SOAE
'

2g

a
f t far . ~13!

IV. RESULTS

The line identification analysis method was applied to
the data collected in this experiment. In the adult subjects,
the latency of 105 spectral lines was measured, in the fre-
quency range of 0.8–4.4 kHz, while for neonates it was pos-
sible to identify 52 OAEs in the range of 1.2–4.5 kHz. In
Fig. 1 the spectral latency data obtained with this method are
shown for adults and neonates.

The data were best fitted to a power law of the form

t5tnc1D f b, ~14!

with f in kHz and tnc50.5 ms, obtaining Dn513.4
60.6 ms andbn520.7960.04 for neonates andDa510.1
60.2 ms andba520.6860.03 for adults.

The adult fit parameters are in this case very similar to
those obtained for the DPOAE group delay by Schoonoven
et al. ~2001!, using the fixed-f 1 ~also defined asf 2-sweep!
paradigm. Quoted errors represent one standard deviation of

FIG. 1. OAE spectral latency obtained by individual spectral lines identifi-
cation in the time–frequency analyzed signal, for adults~squares! and neo-
nates~triangles!. The lines are power law fit functions of the form of Eq.
~14!.
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the best-fit parametersD andb, which were estimated using
a standard least-square fit. The systematic difference between
adults and neonates is clearly visible in Fig. 1. To be more
quantitative, there is a statistically significant difference be-
tween the fit parameters of neonates and adults: we found
DD5Dn2Da55.2sDD and Db52.3sDb , wheresDD and
sDb are the standard deviations of the differences between
the corresponding fit parameters.

In Fig. 2 the tuning curvesQ( f ), obtained by applying
Eq. ~8! to the adult and neonate latency fit functions Eq.~14!,
are shown. According to Eq.~8!, the observed difference
between the latencies implies a larger relative difference be-
tween the tuning curves. The dependence on the frequency of
the estimated tuning curves is rather steep. This observation,
if confirmed, would imply a significant scale-invariance vio-
lation near the resonance, which would modify the cochlear
transmission properties predicted by scale-invariant models.
The comparison with other OAE estimates of the cochlear
tuning curve is rather difficult, due to the dependence on the
stimulus intensity of the cochlear filters tuning. In fact, as the
filter bandwidth is assumed to be dependent on the amount
of acoustic power instantaneously delivered within a small
cochlear portion near the resonance, it is not easy to compare
the effect of a broadband click stimulation~TEOAEs! to that
of a continuous stimulation by one~SFOAEs! or two tones
~DPOAEs! of given amplitude. Much information could be
obtained by repeating the experiment described in this study
for different levels of stimulation.

In Fig. 3 the experimental SOAE inverse relative spac-
ing, f /D f , is shown as a function of frequency, for neonates.
For each ear, all frequency spacings between pairs of con-
tiguous SOAEs are shown. As the detection of a SOAE is
possible only if its equilibrium amplitude is significantly
higher than the experimental noise floor, it is expected that
only a few of these pairs be separated by the minimal fre-
quency spacing predicted by the theory. Thus, the data
shown in Fig. 3 should be limited by the theoretical upper
limit curve of Eq.~11!, which is expected to be a function of
frequency ifQ is not constant. The data tend to cluster along
an upper limit curve, which is a slowly increasing function of
frequency, as expected from Eq.~11!, becauseQ is an in-

creasing function of frequency. The solid line is not a fit to
the data; it is just the minimal SOAE spacing predicted by
Eq. ~13!, using the experimental latency measurements. It
should be stressed that the SOAE spacing data and the la-
tency data are independent from each other and come from
separate TEOAE and SSOAE recordings of the same sub-
jects. The number of closely spaced SOAEs in the adult
spectra was not sufficient to show a similar trend of the mini-
mal inverse spacing.

Summarizing, the results of this study show that:~1! the
proposed methods provide reasonable estimates of the co-
chlear tuning curves;~2! TEOAE latencies in adults and neo-
nates are significantly different;~3! the transmission line co-
chlear model described here is not contradicted by
independent observations on the SOAE spacing, if one inter-
prets them according to the SOAE generation models based
on the concept of coherent reflection by random inhomoge-
neities.

V. DISCUSSION

The experimental data show that OAE latencies are sys-
tematically longer in neonates than in adults. If this result is
confirmed, and if the model is accurate enough, this obser-
vation implies a higher degree of tuning for neonates, at least
in the high-stimulus amplitude range explored in this study.
The good agreement, shown in Fig. 3, between the experi-
mental minimal spacing data and that predicted by the model
using the experimental latency data may surely be consid-
ered a positive indication about the internal coherence of the
theory, even if it is not a proof of its correctness. The agree-
ment shown in Fig. 3 also means that almost exactly the
same tuning curves of Fig. 2 could have been estimated start-
ing from a fit to the minimal SOAE spacing data, indepen-
dently from any latency estimate and from any time–
frequency analysis of TEOAE data. In the case of neonates,
the large number of high-amplitude SOAEs extending up to
high frequencies could make this alternative method very
useful and straightforward.

FIG. 2. Tuning curvesQ( f ) for adults ~solid line! and neonates~dotted
line!, obtained by applying Eq.~8! to the latency fit functions of Fig. 1. FIG. 3. Experimental SOAE spacing as a function of frequency for neo-

nates. For each subject, all spacings between contiguous SOAEs have been
plotted. The solid line is the theoretical prediction for minimal spacing,
obtained by applying Eq.~13! to the experimental latency data.
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The evidence for a higher degree of tuning in neonates
with respect to adults could be important also for safety pur-
poses. In fact, there is currently some concern about the ex-
posure to noise of neonates in hospital environment. As only
high levels of stimulation are considered here, no informa-
tion can be obtained about the threshold sensitivity, which is
dependent on the degree of tuning at very low levels of
stimulation. A higher tuning in neonates for high stimulus
levels could be instead an indication of a less effective pro-
tection by the nonlinear saturation mechanism driven by the
efferent system~Abdala et al., 2001!, resulting also in a
higher cochlear gain for intense stimulation. In fact, accord-
ing to theoretical OAE models, saturation of the TEOAE
stimulus-response curve at high stimulus levels is due to
nonlinear damping, which reduces both the response gain
and the resonance quality factor, or tuning~Sisto et al.,
2001!. In fact, in any transmission line cochlear model, the
amplitude of the local cochlear transverse displacement,
which is associated with the detection of sound of a given
frequency, is an increasing function of the tuning of the as-
sociated cochlear filter.

VI. CONCLUSIONS

OAE latency and minimal SOAE spacing data of adults
and neonates are presented, and discussed using a cochlear
model based on the transmission line formalism and on the
condition for coherent reflection. Theoretical expressions are
derived, which are used to estimate the cochlear tuning
curves, either from latency TEOAE data or from minimal
SOAE spacing measurements, and to test the internal coher-
ence of the theory, which is not contradicted by the results of
this study.

As usual, the information provided by this study travels
in opposite directions: a reasonably good theoretical model
permits to get indirect measurements of a quantity~cochlear
tuning! that cannot be directly measured; on the other hand,
the coherence with independent model predictions of a set of
independent measurements enhances the confidence about
the correctness of the model itself.

The predicted dependence of tuning on the measured
quantities is quadratic, which is both an experimental advan-
tage and a theoretical problem. In fact, this means that the
method is sensitive to the true variations of the measured
quantity, but also that its results are also significantly af-
fected by any wrong theoretical assumption. For example,
even if Eq.~2! represents a rather general form for the reso-
nance line shape in transmission line models, even small
variations of the cochlear parametersk0 and kv would sig-
nificantly alter the values ofQ estimated using either Eq.~8!
or Eq. ~12!. With this warning, it seems that TEOAE and
SOAE data could be effectively used to measure cochlear
tuning using the proposed methods.

The experimental results of this work extend to full-term
neonates previous DPOAE STC results~Abdala, 2001! indi-
cating that preterm neonates have a higher degree of tuning
than adults. As tuning and gain of the cochlear amplifier are
expected to be strictly related in a resonant transmission line
cochlear model, this would suggest a higher neonate cochlear

gain for intense stimuli, i.e., a less efficient protection against
intense noise. This conclusion, if confirmed, would suggest
reducing the noise levels in neonatal hospital areas.
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Physiopathological significance of distortion-product
otoacoustic emissions at 2 f1 – f2 produced by high- versus
low-level stimuli
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Distortion product otoacoustic emissions emitted by the cochlea at 2f 1 – f 2 in response to pairs of
pure tones atf 1 andf 2 ~DPOAE! form a class of otoacoustic emissions and as such, are viewed as
a reliable tool for screening outer hair cell~OHC! dysfunctions on a pass/fail basis. However, the
persistence of residual DPOAEs from impaired cochleae at high stimulus levels has suggested that
above 60–70 dB SPL, instead of reflecting ‘‘active’’ cochlear motion, DPOAEs might represent
another ‘‘passive’’ modality: they would thus become unsuitable for analyzing cochlear function.
The present work reports the consequences on high- vs low-level DPOAEs of three types of
cochlear impairments involving OHCs: progressive OHC degeneration of genetic origin in CD1
mice, complete cochlear ischemia in gerbils, and furosemide injection vs ischemia–reperfusion in
gerbils. An alternative to the ‘‘active–passive’’ model was used wherein regardless of stimulus level,
cubic DPOAEs are produced byN ~probably OHC-borne! nonlinear elements driven by inputI and
modulated by a functionF3 of their operating pointo; thus, DPOAE}NI3F3(o). When OHCs
degenerated, thereby implying a decrease ofN, DPOAE levels also decreased regardless of the
stimulus level up to 80 dB SPL, in line with the previous formula but at variance with the prediction
of the active–passive concept. Instead of affectingN, the other two experiments impaired the
efficiency of the cochlear feedback loop as a result of its electrical drive being decreased by strial
dysfunction. As it is well accepted that the impaired basilar-membrane motion, although greatly
reduced at low levels, tends to catch up with a normal one at higher levels, it was assumed the same
was true withI so that DPOAE levels had to be, and indeed were little affected at high levels while
plummeting at low levels, without any need for invoking two modalities for DPOAE generation.
Finally, comparisons of furosemide vs ischemia effects revealed additional influences on DPOAEs,
possibly accounted for by functionF3(o). These results lead to the proposal that although
high-level DPOAEs are expected to be poor audiometric indicators, they seem well adapted to
assessing the functional integrity of nonlinear elements in OHCs, i.e., presumably their
mechanoelectrical transduction channels. ©2003 Acoustical Society of America.
@DOI: 10.1121/1.1525285#

PACS numbers: 43.64.Jb, 43.64.Kc@BLM #

I. INTRODUCTION

Since Kemp~1978! discovered otoacoustic emissions
~OAE!, the idea that OAEs reliably probe the function of
cochlear outer hair cells~OHC! has first been supported by
circumstantial evidence. Tight links between OHC status or
mechanical performance of the cochlea on the one hand, and
presence or absence of OAEs on the other hand, have been
reported in relation to noise-induced damage~Zurek et al.,
1982; Schmiedt, 1986; Lonsbury-Martinet al., 1987; Martin
et al., 1987; review in Avanet al., 1996! and other types of
OHC dysfunctions, e.g., due to genetic~Horneret al., 1985!
or ototoxic causes ~gentamicin: Brown et al., 1989;
ethacrynic acid: Lonsbury-Martinet al., 1993; cisplatin:

Probstet al., 1993!. Current views of cochlear physiology
explain why OAEs must somehow reflect the quality of co-
chlear mechanisms~Brownell, 1990!. The motile OHCs
~Brownell et al., 1985! are the core of a regenerative system
~Gold, 1948! made of a series of coupled stages organized in
a loop that feeds vibratory energy back to the cochlear par-
tition ~Patuzziet al., 1989b!. When it works properly, the
cochlear loop enhances the basilar-membrane~BM! response
to low- and intermediate-level sound in a sharply tuned man-
ner ~Khanna and Leonard, 1982; review in Ruggero, 1992!.
Through partly unknown coupling mechanisms, some of the
fed-back energy propagates backward as OAEs. Intermodu-
lation OAEs ~the DPOAE at 2f 1 – f 2 being the most fre-
quently recorded in response to a pair of tones atf 1 andf 2)
exemplify the ability of the cochlea to emit sound while
being essentially nonlinear~Eguiluz et al., 2000!.

It is thought that DPOAEs and more generally OAEs
disappear when OHCs stop enhancing the BM motion so that
it loses its tuning and sensitivity. It provides the rationale for
a hearing-screening test that would pass when DPOAEs are
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present and fail when they are absent. The clinical effective-
ness of such tests has been confirmed, for instance, by Martin
et al. ~1990!, Avan and Bonfils~1993!, and Gorgaet al.
~1993!, with an optimal screening limit lying between 30 and
60 dB HL depending on the recording protocol. However,
many reports have raised an important concern by observing
that DPOAE screening tests tend to perform more poorly,
with too many false negatives, when the level of primary
DPOAE-generating stimuli is set too high~typically, above
60 dB SPL!. Ideal screening levels as low as 55 dB SPL for
f 1 and 30 dB SPL forf 2 have been proposed~Suttonet al.,
1994! along this line of reasoning. The most noticeable prob-
lem with high-level stimuli and DPOAEs occurs in experi-
mental models of ischemia, hypoxia, and furosemide action:
high-level DPOAEs turn out to be very robust for minutes
despite an immediate impairment of cochlear function.

Elaborating on the observations of Norton and Rubel
~1990! and Whitehead et al. ~1990, 1992!, the two-
component model of Mills~1997! was an elegant attempt
toward explaining this paradoxical level-dependent sensitiv-
ity to impairment: it assumes that DPOAEs are the vector
sum of an ‘‘active’’ and a ‘‘passive’’ contribution. The pas-
sive component is normally negligible except at high levels,
i.e., from around 60–70 dB SPL on up, and would be uncov-
ered thanks to its robustness and the impairment of the active
one. According to Mills~1997!, the physiological origin of
hypothetical passive DPOAEs may well be the same as that
of active DPOAEs, i.e., some intracochlear nonlinearity:
only the position and extent of their source along the BM
would differ from the active ones. However, other theories
can be brought forward where passive DPOAEs, being pro-
duced by IHCs, BM, or some other macromechanical pro-
cess, would only reflect primarily passive cochlear motion. It
would then be highly unreliable to design screening tests
such that the detected DPOAEs might be spurious ones with
no relation whatsoever to OHC function, and negative results
might well be false ones in an unpredictable percentage of
cases. It would be even more troublesome with regard to the
default setups of many commercial DPOAE instruments,
namely 60 and even 70 dB SPL~Kemp, 1992!. On the other
hand, Momet al. ~2001! have recently called into question
the notion of passive DPOAEs in the case of ischemia by
showing that residual, ischemic DPOAEs elicited by high-
level stimuli did not exist when mild auditory fatigue had
been applied prior to ischemia: they were thus likely pro-
duced by the same elements that suffered from auditory fa-
tigue, i.e., presumably the OHC stereocilia bundles~see
Patuzzi, 1998!, and there was no grounds for invoking a
passive origin to those highly vulnerable DPOAEs.

The goal of the present work was to contribute to iden-
tifying the significance of high-level DPOAEs. Three experi-
ments were designed in order to examine how specific co-
chlear impairments influence the residual high-level
DPOAEs. The first one exploited a well-documented model
of genetic OHC impairment in CD1 mice~Shone et al.,
1991; Le Calvezet al., 1998a, b! and explored correlations
among DPOAE levels, thresholds of auditory brainstem-
evoked responses, and cytocochleograms at various stages of
OHC degeneration. The second one revisited the ischemia

model of Mom et al. ~1997! in gerbils and compared the
outcomes of systematic perischemic monitoring of DPOAEs
with 60- to 80-dB SPL stimuli. The last experiment com-
pared the changes of DPOAE levels to those of cochlear
microphonic potential~CM, so as to gain indirect access to
endocochlear potential as explained in Momet al., 2001!
following either transient ischemia or furosemide injection,
as both manipulations are known to sharply decrease the en-
docochlear potential, thereby impairing the whole cochlear
feedback loop and performance without necessarily damag-
ing the OHCs.

As an alternative to an active/passive framework, we
hypothesized that DPOAEs always come from the same non-
linear elements in the cochlea regardless of the stimulus level
and regardless of the presence or absence of cochlear ‘‘gain.’’
A nonlinear element can be fully characterized by its transfer
function and operating pointo: every distortion term of order
p is described by a coefficientFp(o) arising from the Taylor-
series expansion of the transfer function aroundo ~Wever
and Lawrence, 1954; Frank and Koessl, 1996; Cheng, 1999!.
The amount of distortion at the output of the nonlinear ele-
ment will then depend onFp(o) times the input level I to the
powerp ~with p52 for quadratic distortion atf 2 – f 1, 3 for
cubic at 2f 1 – f 2 and 2f 2 – f 1, etc.!. Finally, the overall
distortion should be the sum of all contributions from the
excited nonlinear elements; thus, it is expected to be roughly
proportional to their number~N!. The resulting approxima-
tion for DPOAE pressure~in linear units! is as follows:

DPOAE}NI3F3~o!. ~1!

The predictions of~1! are not straightforward because the
input I to the alleged nonlinear elements is not the sound
level in the ear canal. Instead,I relates to the BM displace-
ment, and, assuming the cochlea functions as a loop, the
input to the loop is also the output from the loop. What
became of the BM displacement for different stimulus levels
in the ear canal was not ascertained in our three experiments,
but the effects under investigation were classical enough that
BM behavior was guessed from the literature~e.g., Ruggero,
1992!. All three experiments were meant to affect the co-
chlear loop and make it ineffective; thus, they probably
sharply reducedI at low levels. Conversely, it has been
shown that pathological BM growth functions catch up with
normal ones at high levels~Patuzziet al., 1984; Ruggero,
1992!; thus, pathological changes suffered byI should gradu-
ally decrease with increasing level. The genetic impairment
in CD1 mice was expected to primarily affectN, thereby
inducing a drop in DPOAE level regardless of stimulus level.
Transient ischemia was thought to induce no change toN and
little change to I at high levels, thus leaving high-level
DPOAEs unaffected. Furosemide was thought to have possi-
bly modifiedo andFp(o) in a different manner to ischemia
so that at low- and moderate stimulus levels, different
DPOAE level changes were expected. The model was delib-
erately left in the unfinished form of formula~1!, as its goal
was restricted to affording a general framework for the fea-
tures of pathological DPOAEs to be discussed. Previous
models of DPOAE generation such as Patuzziet al.’s
~1989b! used more accurate descriptions of cochlear func-
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tion; however, their adaptation to describing the particulars
of ischemia, reperfusion, OHC degeneration, or auditory fa-
tigue was beyond our scope as it would have required guess-
ing at several scantily documented parameters.

Comparative interpretations of the experimental out-
comes were made along the lines of the active/passive vs
DPOAE}NI3F3(o) frameworks. A survey was also made of
the reports of DPOAE response to cochlear pathologies,
from noise-induced hearing loss to genetic cochlear diseases
to ischemia, ototoxic drugs, and furosemide injections, in an
attempt to categorize what experimental pathologies are
more prone to being associated with persistent high-level
DPOAEs and what significance could be attributed to them.

II. MATERIAL AND METHODS

Of the three experiments designed here, the first one
~genetic deafness! used mice owing to the availability of
strains with appropriate cochlear status, and the other two
~selective cochlear ischemia and furosemide administration!,
gerbils as the larger size of this species allowed controlled
selective cochlear ischemia and IV injections of furosemide
to be done. The procedures for DPOAE recordings were
common to all experiments.

A. Animals

In experiment 1, 32 mice from the genetically impaired
strain CD1~Swiss albino from the local Charles River labo-
ratories, males and females aged from 5 to 24 weeks—Shone
et al., 1991; Le Calvezet al., 1998a! were tested against 12
normally hearing CBA/CaJ adult mice~Jackson Laborato-
ries! serving as controls~Henry and McGinn, 1992!. Thirty-
six Mongolian gerbils ~Meriones unguiculatus, males, 3
months, 45–65 g! used for experiments 2 and 3 came from a
local breeding colony.

The animals were deeply anesthetized by an i.p. injec-
tion of chloral hydrate~480 mg/kg, renewed as needed!, ac-
companied~in mice! or preceded~in gerbils! by premedica-
tion ~atropin sulfate 0.1 mg; levomepromazin chlorhydrate 1
mg; i.p.!. The core temperature was kept at 38 °C in gerbils
~39 °C in mice! by a heating blanket regulated by a rectal
probe. A punctured myringotomy was performed under mi-
croscopic control in order to ensure long-term middle-ear
pressure stability without altering cochlear responses by
more than 1 dB over the whole frequency range. The tapered
tip of an acoustic probe containing a sensitive microphone
~ER10B, Etymotic Research! and two plastic sound tubes
connected to the outputs of two earphones~ER2, Etymotic
Research! was sealed in the external auditory canal of the
right ear with cyanoacrylate glue. Ongoing measurements of
cochlear responses were performed in a sound-insulated
booth.

B. DPOAE monitoring

A computer-controlled CubeDis system collected the
DPOAEs ~Allen, 1990; softwareCUBDISP v2.43, Mimosa
Acoustics!. After automatic in-the-ear calibration, two pri-
mary tones at frequenciesf 1 and f 2 ( f 2/f 151.20) were
emitted with the same levels L15L2 or L in the right ear

canal by the two earphones. Although a slightly largerf 2/f 1
and some level asymmetry usually allow slightly larger
DPOAE levels to be recorded~Kummeret al., 1998!, this is
thought to be the result of optimal stimulus interaction on the
BM, whereas the basic mechanisms at the origin of DPOAEs
are likely unaffected. We chose not to optimize the stimulus
parameters for three reasons; the first one was that DPOAE
changes, rather than absolute levels, were relevant to the
present work; the second was thatf 2/f 151.20 is more com-
monly used in clinical routine; last, as level asymmetry en-
suring the ‘‘best’’ DPOAE is level dependent~Kummer
et al., 1998! while different stimulus levels had to be tested
here, using different level asymmetries would have been im-
practical while affording little benefit.

The processor board of the CubeDis system recorded the
sound pressure measured in the ear canal by the microphone.
The spectral component at frequency 2f 1 – f 2 was ex-
tracted. An estimation of the noise floor was derived from the
average level of a few components close to 2f 1 – f 2. For a
DPOAE frequency profile~called DPgram henceforth! to be
obtained,f 2 was swept from 17 to 2 kHz~10 steps/octave, 1
s/step!. Experiments always involved collecting a series of
control DPgrams with L540 dB SPL then increasing from
45 to 80 dB SPL in 5-dB steps. Input/output plots of DPOAE
level vs L were readily derived at eachf 2 from the data
obtained in the form of DPgrams. For ischemia experiments
in gerbils, DPOAEs were monitored throughout an experi-
ment at fixedf 2 ~4, 6, or 8 kHz! and L~60, 70, 75, or 80 dB
SPL! and plotted at a rate of one data point every 10 s, owing
to the comparatively slow changes observed.

C. Experiment 1 with CD1 mice

1. Functional assessment

In mice, frequency-specific auditory brainstem response
~ABR! thresholds were evaluated first, before fixing the
DPOAE-recording system. Trapezoidal tone pips~3–40 kHz,
rise and decay time 1 ms, plateau duration 4 ms, fixed phase
of sine waves relative to envelope onset! were generated by
an arbitrary waveform synthesizer~Wavetek 70! at a repeti-
tion rate of 50/s. They were sent to a high-voltage amplifier
with built-in equalizer driving a1

2-in. condenser microphone
~Bruel & Kjaer 4134! serving as emitter. This emitter was
terminated by a tapered tip tightly sealed in the right ear
canal. Stimulus levels varied from 0 to 120 dB SPL in 5-dB
steps. Acoustic calibration was performed in the ear canal by
means of a thin probe microphone~Bruel & Kjaer 4182!,
ensuring reliable measurements up to 40 kHz. Stimulus fre-
quencies were 3, 5, 10, 15, 20, 30, and 40 kHz, and around
the transition from normal to elevated ABR thresholds, finer
0.5- to 1-kHz steps were used in order to improve the defi-
nition of the normal-to-impaired boundary. The spectrum of
the acoustic signal detected in the ear canal was checked by
a real-time frequency analyzer~Ono Sokki CF4220!: the
width of the central lobe, as measured at 20 dB below its
maximum, was,0.7 kHz regardless of the tone frequency,
and secondary lobes were at least 30 dB below the maxi-
mum.
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ABR responses were recorded between subcutaneous
stainless-steel electrodes at the vertex and ipsilateral mastoid,
with the lower back serving as ground. The signal passed
through a Grass preamplifier~Grass P511,3200 000, band-
pass 0.3–3 kHz! and was averaged by a CED 14011 intel-
ligent interface driven bySIGAVG software ~v.6.04, Cam-
bridge Electronic Design!. At suprathreshold stimulus levels,
ABRs consisted of four regularly spaced waves, whereas
only the wave with the longest latency was clearly distin-
guished from the noise background at lower, near-threshold
levels. The stimulus level was initially set at 100 dB SPL,
then was decreased in 20-, 10-, then 5-dB steps while the
ABR waves gradually disappeared~or increased to 120 dB
SPL if no ABR wave was present at 100 dB!. The ABR
threshold at every frequency was defined as the smallest
stimulus level needed for producing at least one repeatable
wave.0.15mV.

The 12 adult CBA/CaJ mice were submitted to the same
audiological protocol running on the same equipment. Their
average ABR thresholds served as references~0 dB nHL! for
CD1 mice.

2. Surface preparations and cell counts

After decapitation, CD1 cochleae (n58) were removed
from the temporal bones and processed for soft-surface
preparations. The apical portion of the bony cochlea was
gently opened in 4% paraformaldehyde in phosphate-
buffered saline (pH57.4) to let the fixative bathe the co-
chlear tissues. The cochlea remained in the fixative solution
for 3 h, then after rinsing it was decalcified in 10% EDTA
~Fluka, pH 7.4!, widely opened, and the organ of Corti was
dissected and incubated in fluorescent labeled phalloidin
~TRITC; 0.3%; Sigma!. The preparation was examined with
a fluorescence light microscope~Nikon Optiphot!. The ste-
reocilia bundles and cuticular plates of inner hair cells~IHC!
were visible from apex to base. For every 200-mm-long sec-
tion, containing about 15 IHCs, three rows of OHCs~or of
scars replacing missing cells! were easily identified~four
rows near the apex! and OHCs were counted in every row.

D. Experiment 2: Selective cochlear ischemia in
gerbils

The right auditory bulla was opened dorsally in order to
place the tip of a thin flexible optic fiber probe~Perimed PF
418, B500-0, 0.5-mm diameter! in front of the stria vascu-
laris and a silver-wire electrode against the round-window
membrane. Once the optic fiber and electrode were secured,
the bulla was closed with dental cement. The eighth-nerve
complex was then exposed at the porus acusticus through a
posterior transcranial approach, so that the labyrinthine ar-
tery running along the eighth-nerve bundle could be com-
pressed by means of a fire-shaped glass pipette blocked in
the porus~Mom et al., 1997, 2001!. Cochlear blood flow
~CBF! was continuously monitored with a laser Doppler ve-
locimeter ~LDV, Perimed PF 4000! connected to the optic
fiber ~sampling period of LDV output 0.2 s!.

When the pressure exerted by the pipette at the porus
acusticus was sufficient to counteract the arterial blood pres-

sure, a sharp decrease in CBF signal from the LDV was
observed. For the experiment to be valid, complete ischemia
had to be achieved within seconds and the ensuing LDV
signal had to remain stable until after the whole eighth-nerve
bundle including the labyrinthine artery had been severed
after the end of an experiment.

The DPOAEs were continuously monitored atf 2
58 kHz in 20 gerbils, 6 kHz in 6 gerbils, and 4 kHz in 10
gerbils. As no significant influence off 2 on DPOAE levels
was eventually observed, the results at allf 2s were later
merged. Perischemic monitoring was done with a primary
level L580 dB SPL in 14 ears, L575 dB SPL in 5 ears, L
570 dB SPL in 6 ears, and L560 dB SPL in 11 ears.

E. Experiment 3: Intravenous injection of furosemide
versus reversible ischemia

In the first subset of animals (n56), a bolus injection of
furosemide~10 to 75 mg/kg! was introduced into a femoral
vein. In the second subset (n56), CBF was blocked for 3
min and once the pipette pressure was released, CBF re-
turned to its initial level within 10% in,15 s. Monitoring
started 1 min before injection or ischemia onset with a pri-
mary level of 60 dB SPL atf 258 kHz and f 156.67 kHz,
and was carried out for 1 h. A moderate primary level was
chosen as, contrary to what was done in the previous experi-
ments, termsI andN in ~1! did not need to be controlled in
such strict a manner. A 60-dB SPL level was meant to en-
hance the possible small differences between DPOAE re-
sponses to ischemia vs furosemide.

Throughout an experiment, the CM was recorded from
the round-window electrode along with DPOAE data collec-
tion. The electrode output was preamplified~Grass P511, fil-
ter bandwidth 0.3–10 kHz, gain35000) and sent to a lock-in
amplifier ~EG&G 5201, 0.3-s averaging time! whose refer-
ence input received a copy of thef 1 electric stimulus~ad-
justed to 1 V rms through a voltage amplifier!. The lock-in
output thus represented CM at 6.67 kHz; it was sampled
every 10 s and plotted with the DPOAE. For the basal co-
chlea, from where most of the CM collected by the round-
window electrode comes~Patuzziet al., 1989a!, f 1 was far
enough from the best frequency that CM could be assumed
proportional to the endocochlear potential, regardless of
whether the cochlear gain was normal or impaired~as in
Mom et al., 2001!.

F. Statistical analysis

Relationships between DPgram and ABR data from ex-
periment 1, and between furosemide doses and CM decrease
in experiment 3, were investigated by means of Pearson lin-
ear regression analysis, assuming the variables of interest
were normally distributed. Conditionp,0.05 was required
for significance to be reached.

III. RESULTS

A. CD1 mice, genetic cochlear impairment

In keeping with Shoneet al. ~1991! and Le Calvezet al.
~1998a!, the hearing loss of CD1 mice increased from low to
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high frequencies. Their age and the corresponding stage of
cochlear impairment were such that the border between nor-
mal and impaired ABR thresholds fell between 7 and 25
kHz. The analysis was therefore focused on the DPOAEs
from this frequency range, as it afforded a larger range for
the variables of interest. Surface preparations of the organ of
Corti confirmed that OHCs from all rows gradually disap-
peared from apical to basal areas, as shown in Fig. 1, depict-
ing an example of DPgram, ABR thresholds@panel~a!#, and
cytocochleogram~b!. Meanwhile, no IHC damage was vis-
ible. Figure 1~a! also shows that while the DPgram at 60 dB
SPL paralleled the plot of ABR thresholds against frequency,
the DPgram at 70 dB SPL did not perform well as an audio-
metric ‘‘pass or fail’’ test, as DPOAEs were still present
above 12 kHz in spite of the hearing loss. Thus, the interest
of DPOAEs at 70 dB SPL and higher was seemingly called
into question.

In order to address this issue, correlations between
DPOAE levels and ABR thresholds atf 2 were investigated
at primary levels as high as possible, as shown in Fig. 2
~open circles: f 2512 kHz, L575 dB SPL; crosses:f 2
515 kHz, L580 dB SPL!. The instrumental distortion mea-
sured in a dummy ear~0.25-cm3 cavity! or postmortem~3 h
after the mouse had been euthanized! was,215 dB SPL at
L580 dB SPL on average over the frequency range of inter-
est; thus, all data points above the dashed line in Fig. 2 were
likely genuine ones. The two Pearson regressions were

highly significant (p,0.0001), with larger 2 determination
coefficients explaining more than 77% of data variance, and
a slope of20.51 to20.55. Owing to the bimodal rather than
normal distribution of ABR thresholds in Fig. 2, linear re-
gressions were also computed for the subsets of data with
ABR thresholds.20 dB nHL; they remained significant (p
,0.01) with shallower slopes around20.27; thus, the clus-
ter of points around 0 dB nHL did not induce too large a bias
in the analysis. Overall, these statistical findings indicate that
DPOAE levels decreased with ABR thresholds, approxi-
mately linearly by half a dB per dB increase in threshold.
Instrumental distortion was reached~thus, true DPOAEs had
vanished! when ABR threshold elevation exceeded about 70
dB nHL.

Cell counts from surface preparations confirmed that
ABR thresholds were elevated in frequency areas with OHC
losses~Ryan and Dallos, 1975!. Figure 1 depicts a typical
case illustrating the good correspondence between functional
and morphological damage@panel~a! vs ~b!#. Although the
first and second rows of OHCs in this cochlea tended to
present less damage than the third one, OHC losses in all
three rows exceeded 20% beyond 3.8 mm from apex, corre-
sponding to about 12 kHz on Greenwood’s~1990! map of
the mouse cochlea. Besides, ABR threshold shifts exceeded
20 dB beyond 11 kHz and DPOAEs elicited at 60 dB SPL
fell out of the normative range of CBA mice@shaded area in
Fig. 1~a!# beyond the same 11-kHz boundary. DPOAEs at 70
dB SPL followed the same pattern. These higher-level
DPOAEs remained present~albeit about 20 dB below their
normal level! between 13 and 15 kHz while about 50% of
the remaining OHCs were counted in the corresponding area.
Data from the area where 100% OHCs were missing~.19
kHz! are not conclusive as the probe earphones would have
required too high a voltage drive to emit levels.50 dB SPL.

Input–output DPOAE curves were derived from the DP-
grams atf 2515 kHz, as the largest possible range of cell
losses and threshold elevations was encountered at this fre-
quency. They are plotted in Fig. 3, where percentages of
remaining OHCs, all rows included, and ABR thresholds in

FIG. 1. ~a! Example of DPOAE level and ABR threshold changes in one
7-week-old CD1 mouse, against frequency, with DPOAEs being referred to
f 2 and ABR thresholds to the center frequency of the tone pip. Shaded area:
normative data in CBA/J mice, that is average levels61.96 s.d. for 60-dB
SPL equilevel stimuli; continuous line with closed circles: 60-dB SPL in-
duced DPOAEs~labeled DP60!; bold line: 70-dB SPL induced DPOAEs
~labeled DP70!; thin continuous line: average background noise; bold lines,
closed inverted triangles: ABR thresholds in this ear. DPOAE levels are
plotted in dB SPL and ABR thresholds in dB relative to normal thresholds as
observed in CBA/J mice.~b! Cytocochleogram determined from the
phalloidin-stained surface preparation. Its horizontal scale in mm from apex
was adjusted to the frequency scale of the top diagram according to~Green-
wood, 1990!.

FIG. 2. DPOAE levels against ABR thresholds of CD1 ears~in dB nHL
referring to the average ABR thresholds in control CBA/J mice!. Open
circles, continuous regression line: 75-dB SPL equilevel stimuli,f 2
512 kHz; crosses, dashed regression line: 80-dB SPL stimuli,f 2
515 kHz. Horizontal dashed line: DPOAE floor in an artificial ear, i.e.,
limit of instrumental distortion with 80-dB SPL stimuli.
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dB nHL are printed between brackets along with every
curve. Most curves presented a rather shallow slope, near 1
dB/dB @in keeping, for example, with Parhamet al. ~1999! in
CBA/J mice#, over the whole range of levels except the one
labeled~30%; 30!. The two top curves of Fig. 3 correspond
to intact OHCs in two cochleae with normal ABR thresholds
at 15 kHz, and DPOAEs were still present at 40 dB SPL.
Conversely, the two bottom curves show DPOAEs above
noise floor only above 70 dB SPL. DPOAE levels hardly
reached 3 dB SPL at 80 dB SPL. The corresponding percent-
ages of extant OHCs were the lowest in this series, namely
7% and 20%. Not surprisingly, ABR thresholds were the
most elevated ones, 40 and 60 dB nHL. The remaining plots
lay between these two extremes: 30% and 50% remaining
OHCs, and 30-dB ABR threshold elevations.

Seventeen of the tested CD1 mice presented steep ‘‘ski-
sloped’’ audiograms with a roll-off frequency between 7 and
25 kHz: ABR thresholds increased by more than 30 dB
within ,5 kHz ~see Fig. 1!. The roll-off frequency was ar-
bitrarily defined as the first frequency in an ABR threshold
vs frequency chart~0.5-kHz resolution!, with ABR threshold
.20 dB nHL whereas ABR thresholds were normal at lower
frequencies. Corresponding DPOAE roll-off frequencies
were defined on a DPgram as the first frequency with a
DPOAE level more than 10 dB below the lower limit of the
normative range of CBA/J mice, whereas DPOAE levels
were within normal at lower frequencies. Figure 4 depicts
the effect of increasing stimulus levels on a series of DP-
grams collected in one ear exhibiting a clear-cut transition
from normal to impaired function around 10 kHz. The lack
of influence of stimulus level on DPOAE roll-offs can be
derived from the fact that all DPOAE levels decrease sharply
between 9 and 11 kHz, by more than 10 dB/kHz except at 50
dB SPL owing to insufficient signal-to-noise ratio. Figure 5
represents the relationships between ABR and DPOAE roll-
offs for primary levels of 50, 60, 70, and 75 dB SPL. The
voltage required for delivering 80 dB SPL in the ear canal
would have damaged the earphones in too many ears. It is

for the same reason that data from several ears are missing at
75 dB SPL. Figure 5 shows that the DPOAE roll-off linearly
followed the ABR-threshold one, with a slope of about 0.57
and an intercept of about 3–4 kHz regardless of the moni-
toring level. Data at 75 dB SPL were too scarce for a mean-
ingful regression to be computed; nevertheless, the available
points lined up with those obtained at lower levels. In other
words, DPgrams allowed the fine structure of ABR thresh-
olds vs frequency to be accurately tracked regardless of the
stimulus level. DPOAEs tended to ‘‘anticipate’’ the evolution
of ABR threshold elevations at lower frequencies and OHC
degeneration toward the apex, since DPOAE levels could
already be decreased in a frequency range where ABR
thresholds remained near normal.

B. Gerbils and selective cochlear ischemia

In all gerbils, the signal from the laser Doppler veloci-
meter decreased within a few seconds to the same floor value
as that observed after the acousticofacial bundle had been
finally cut, thereby showing that CBF was completely inter-
rupted immediately after the pipette was pushed into the
porus acusticus. The DPOAE level changes with time exhib-

FIG. 3. DPOAE levels versus level L of equilevel stimuli in six CD1 ears
tested atf 2515 kHz. In parentheses: 1st figure5percentage of residual
OHCs at the place tuned tof 2; 2nd figure5ABR threshold in dB nHL in
response to tone pips of center frequencyf 515 kHz. Dashed horizontal
lines: limits of background noise~below 75 dB SPL! or instrumental distor-
tion ~at 80 dB SPL!. The three data points near the background noise limit
may be overestimations of true DPOAE levels.

FIG. 4. Example of a series of DPgrams collected with equilevel stimuli~80
to 50 dB SPL as indicated by labels on each DPgram! from the right ear of
mouse 3M4~7 weeks of age!. Hatched line: average background noise.

FIG. 5. Scatterplots and correlations among DPOAE vs ABR roll-off fre-
quencies in CD1 mice with sharp transitions between normal and impaired
areas. Right-hand insert: symbols for every stimulus level. Linear regres-
sions: bold line, 50 dB SPL; thin line: 60 dB SPL; dashed line: 70 dB SPL.
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ited several common features independent of stimulus level.
Figure 6~a! shows the average decreases in DPOAE levels.
They were monotonic over the first minute of ischemia, then
a plateau was reached either directly or, in more than half
individual ears and below 80 dB SPL, after a level notch
followed by a rebound had occurred: once averaged across
ears, notches got smoothed out while rebounds appeared as
humps visible at 60, 70, and 75 dB SPL~between 150 and
200 s, and around 300 s! in Fig. 6~a!. The plateau lasted until
at least 6 min after ischemia onset, after which the pipette
pressure was released and the monitoring interrupted.

The plateau level drops relative to preischemic levels
decreased in size with increasing level: on average across
time and ears,225 dB at 60 dB SPL after about 6 min,220
dB at 70 dB SPL,216 dB at 75 dB SPL, and25 dB at 80
dB SPL. In dB SPL, the plateau levels are represented in Fig.
7. These curves resemble reconstructed average DPOAE
‘‘growth functions,’’ only differing from regular ones in that
measurements at different levels were performed in different
ears. The average preischemic DPOAE growth function was
similar to already-published data in the same frequency
range ~e.g., Sieet al., 1999!, with a tendency to plateau
around 70–75 dB SPL. Figure 7 shows that the ischemic
growth function became steeper and monotonic even though
DPOAE growth kept slowing down around 70 dB SPL. The
overall ischemic slope was about 1.8 dB/dB between 60 and
80 dB SPL and approached 3 dB/dB between 75 and 80 dB
SPL.

The average plots of DPOAE level decrease vs time
were scaled in order to offset the differences in plateau levels
relative to preischemic levels and replotted in Fig. 6~b!. They
exhibited very similar profiles of decrease from ischemia on-
set to plateau. The results of monitoring at 80 dB SPL actu-
ally reacted slightly faster to the cochlear impairment,
whereas those at 60 dB SPL were slowest to drop, with about
a 10-s lag.

C. Gerbils, furosemide versus cochlear ischemia

1. Furosemide

The effects of furosemide injection on DPOAEs and CM
were dose dependent. The effect of 10 mg/kg was by far the
smallest one, with a maximum decrease after 5–10 min of 7
dB for DPOAE level and 2.5 dB for CM. Thus, the same
animal was administered a second, 30 mg/kg shot an hour
after having fully recovered. The other five animals received
a single bolus of 20, 25, 30, 35, and 60 mg/kg, respectively.
An attempt at injecting 75 mg/kg was discarded because CM
and DPOAE never fully recovered after more than 1-h moni-
toring.

The time courses of CM and DPOAE were similar, as
shown in the example of Fig. 8~a! ~CM: open circles;
DPOAE: continuous line!, and this held regardless of the
injected dose, with a rapid monotonic decay to a minimum
reached after 2–5 min. The maximum CM decrease ranged
from 2.5 to 14 dB with an approximately linear dose depen-
dence ~CM drop in dB50.183dose in mg/kg12.5; r 2

50.50; p,0.05), whereas the maximum DPOAE decrease
varied from 7.3 to 32 dB. After about 1 min of stability, both
CM and DPOAE slowly and monotonically recovered to
within 2 dB of their initial values. The two recoveries were
approximately linear@in dB; Fig. 8~a!# and took 17 to 20 min
regardless of the injected amount. The ratio of DPOAE to
CM decrease, in dB per dB, was stable throughout the decay
and recovery periods: it ranged from 1.7 to 3.2 with no evi-
dent dose dependence@2.7 in the example of Fig. 8~b!#. In
keeping with Mills and Rubel~1994! and Mills ~1997!, the
DPOAE phase@Fig. 8~c!# underwent a sudden shift of about

FIG. 6. ~a! Changes in DPOAE levels with time relative to preischemic
levels when 80- to 60-dB SPL equilevel stimuli were used for monitoring
purposes~labels!. ~b! Same plots after applying a scaling factor such that
plateau levels are made to coincide, representing reference 0% while 100%
refers to the initial levels. The steepest and earliest decrease after ischemia
onset is the one observed with 80-dB SPL stimulus levels.

FIG. 7. Average DPOAE levels in dB SPL reached after 5 min following
ischemia onset against stimulus level~open circles! versus average preis-
chemic DPOAE levels as observed in the same ears~closed circles!. Bars:
one s.d.
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180° when the DPOAE level initially dropped to its plateau,
then its recovery followed the same time course as the level
one.

2. Ischemia

Ears exposed to complete selective cochlear ischemia
behaved, for the 3 min following ischemia onset, as already
explained in the previous section. Figure 9 depicts an ex-
ample presenting a sharp and relatively regular DPOAE level
drop @continuous line, panel~a!# starting after 10–20 s. A
minimum was reached after 60 s, next the DPOAE level
immediately bounced back to a higher plateau@10 to 12 dB
below initial level in Fig. 9~a!#. After ischemia onset, the CM
~inverted triangles! exhibited an almost immediate and fast
decrease; in a majority of ears, it was monotonic and an
asymptote was reached after less than 2 min. Compared with
the furosemide experiment, the maximum CM reduction was
larger~average—19.6 dB; s.d.56.3, vs a furosemide average
28.0 dB; s.d.54.4). Conversely, the maximum DPOAE
level decrease tended to be less with ischemia~215.0 dB;
s.d.54.2) than furosemide~217.4 dB; s.d.59.7).

3. Reperfusion

In this experiment, CBF was allowed to return to normal
after about 3 min. The DPOAE level immediately started
increasing sharply so that it almost reached its initial value in
about 50 s. This stage is marked by the vertical line on the

example of Fig. 9~a! ~first bold vertical mark!. Next, a large
secondary decrease of DPOAE@Fig. 9~a! second bold mark#
often followed by an overshoot was always observed. CM
showed a similar course, with a fast, almost complete recov-
ery @Fig. 9~a!, first thin vertical mark#, a secondary decrease
@Fig. 9~a!, second thin mark#, and a final overshoot. Com-
pared to the DPOAEs, the amplitudes of secondary decrease
and overshoot were much smaller, barely exceeding 2 dB.
Furthermore, CM decrease and overshoot always lagged the
DPOAE ones by.20 s @Fig. 9~a!#.

In sharp contrast to the furosemide experiment, the ra-
tios of DPOAE to CM decreases, in dB/dB, greatly differed
in the ischemia versus reperfusion periods@Fig. 9~b!#. The
ischemic DPOAE/CM varied little with time and ranged
from 0.4 to 1.2. During reperfusion, DPOAE/CM ratios were
always much larger than ischemic ones and varied much,
especially around the times when transitions were observed
from initial recovery to secondary decrease, and from sec-
ondary increase to overshoot: then they exhibited sharp
drops. Most of the time, DPOAE/CM ranged between 1.8
and 15. DPOAE phase changes were also markedly different
from those induced by furosemide injection@Fig. 9~c! vs
8~c!# in that they never exceeded a quarter cycle.

FIG. 8. ~a! Time course of DPOAEs (f 258 kHz; f 156.6 kHz, 60-dB SPL
equilevel stimuli; continuous line! vs CM at f 1 ~open circles! ~both in dB
relative to preischemic levels!, following a single i.v. injection of furo-
semide att50 ~G15, 25 mg/kg!. ~b! Time course of the ratio of DPOAE to
CM changes in dB.~c! DPOAE phase changes.

FIG. 9. ~a! Time course of DPOAEs (f 258 kHz; f 156.6 kHz, 60-dB SPL
equilevel stimuli; continuous line! vs CM at f 1 ~closed triangles! ~both in
dB relative to preischemic levels!, following onset of complete ischemia at
t50. Bold ~respectively, thin! short vertical labels locate the first maximum
and minimum for DPOAE level~respectively, CM! following reperfusion;
bold and thin labels do not coincide, showing that DPOAE and CM courses
are not perfectly synchronous.~b! Time course of the ratio of DPOAE to
CM changes in dB.~c! DPOAE phase changes. Thin vertical lines extending
through all panels: onset of ischemia (t50) and reperfusion (t5180 s).
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IV. DISCUSSION

Owing to the small volume of the external ear canals of
the two species tested here, high-level stimuli could be used
~75–80 dB SPL! without generating any annoying instru-
mental distortion: it was,215 dB SPL, thus hardly above
acoustic noise floor. At a few frequencies around 10–12 kHz,
it could exceed this limit with stimulus levels.75 dB SPL
and the corresponding data were discarded. This shortcoming
is not critical to discussing which of formula~1! or the
‘‘active/passive’’ theory better matches experimental data, as
the limit between active and passive regimes is supposed to
be around 60–70 dB SPL in rodents~e.g., Mills, 1997;
Whitehead, 1997!. Indeed, functions considered to be par-
ticularly relevant to the active/passive issue present a shal-
low low-level segment below 60 dB SPL, a plateau and even
a notch between 60 and 70 dB SPL, then the slope may
increase again, thus enabling a high-level segment to be de-
lineated. Actually, in the present work, although visible in
gerbils ~Fig. 7!, the plateau separating the low- from the
high-level segment was not observed in mice. Whitehead
~1997! pointed out that the plateau configuration requires
some particular combination of stimulus parameters, and for
instance, in the active/passive framework, the notch in the
DPOAE growth function appears only when active and pas-
sive components become equal and almost out of phase. Ac-
cordingly, instead of requiring a particular shape of growth
function, the present work called ‘‘low-level’’ the DPOAEs
produced at and below 60 dB SPL, and high-level those pro-
duced at 70, 75, and if possible 80 dB SPL, and scrutinized
their respective responses to pathologies.

In the mouse strain CD1, Le Calvezet al. ~1998a, b!
reported significant linear regressions between DPOAE lev-
els at 60 dB SPL on the one hand, and frequency-specific
ABR thresholds or number of residual OHCs on the other
hand. The present data extend the range of measurements in
the same strain by showing that similar results held when
DPOAEs were elicited by stimuli up to 80 dB SPL. Notably,
there was no high-level DPOAE above instrumental distor-
tion levels when ABR thresholds exceeded 70 dB nHL~Fig.
2! and, when OHCs remained, the residual 80-dB DPOAE
levels matched the percentage of residual OHCs~Fig. 3!. No
finer quantitative analysis could be made of the parameterN
occurring in~1!. One could have assumed for instance that
the nonlinear elements were the mechanoelectrical channels
in the stereocilia of OHCs and tried to evaluate the number
of intact ones, but surface preparations are too coarse a
method for the stereocilia status to be evaluated. Even scan-
ning electron micrographs would not necessarily have told
how functional the stereocilia bundles of extant OHCs were
~Le Calvezet al., 1998b!. Nonetheless, high-level DPOAEs
varied in keeping with~1! providedN was replaced by the
number of residual OHCs, given that at high SPL in the ear
canal,I was expected to be unchanged even though the co-
chlear loop was impaired~Patuzziet al., 1984; Ruggero and
Rich, 1991; Ruggero, 1992!. The assumption thatF3(o) un-
derwent little change when OHCs were present seems ten-
able.

For practical screening purposes, higher-level DPOAEs
even allowed clear-cut audiometric notches to be tracked as

accurately as with lower-level DPOAEs or reference tests
such as ABR and cytocochleograms. The main caveat with
high-level DPOAEs is that, due to their starting from higher
levels when the cochlea is normal, they may need more hear-
ing loss to vanish than low-level ones; thus, the DPOAE
criterion of presence vs absence must be associated with a
higher screening limit—i.e., the amount of hearing loss be-
yond which DPOAEs are absent, about 60 dB HL here~see
Bonfils et al., 1997, in humans!. In contrast with~1!, the
active vs passive picture is of no help unless it is accepted
that the passive modality reflects OHC presence. The seem-
ingly monotonic decrease of the overall DPOAE with the
percentage of residual OHCs provides no evidence for any
transition from a dominant active to a residual passive com-
ponent, and the persistent accuracy of audiometric-notch
tracking by high-level DPOAEs precludes any sudden shift
of the DPOAE source from an active to a different passive
place.

When OHC function is disrupted, the low-level segment
reportedly shifts downward while the high-level one~i.e., at
and above 70 dB SPL! can be little affected. Its persistence
was reported by Brownet al. ~1989! two days after onset of
gentamicin treatment in guinea pigs, Nortonet al. ~1991!
post mortem in gerbils, Fitzgeraldet al. ~1993! after intraco-
chlear perfusion of salicylate in guinea pigs, Mills and Rubel
~1994! after furosemide injection in gerbils, and Momet al.
~1997! after complete selective cochlear ischemia in gerbil.
This seemingly low vulnerability of the high-level segment
is at the origin of the active/passive model~Norton et al.,
1991; Mills, 1997!. Actually, markedly different incidences
of other pathologies on high-level DPOAEs have been com-
monly reported. Absence of high-level DPOAEs was ob-
served by Horneret al. ~1985! in genetically defective ears
up to 90 dB SPL, Le Calvezet al. ~1998a! in mutant mice or
Frolenkov et al. ~1998! after round-window administration
of an inhibitor of OHC electromotility. Lonsbury-Martin
et al. ~1993! pointed out that although sometimes more ro-
bust than the low-level segment, the high-level segment of
the DPOAE input–output curve could be eliminated by com-
bined factors known for destroying OHCs, such as
ethacrynic acid plus gentamicin.

In the literature, results from noise-exposed ears are
quite homogeneous in that most authors report little or no
influence of stimulus level on DPOAE level shifts. Zurek
et al. ~1982! found that DPOAEs were sensitive indicators of
noise-induced hearing loss regardless of the stimulus level
between 30 and 90 dB SPL, and Schmiedt~1986! confirmed
this finding with 70- and 80-dB SPL stimuli. Most examples
of DPOAE growth functions in Hamerniket al. ~1996! de-
picted similar DPOAE level changes at all stimulus levels
from 30 to 75 dB SPL. Clock Eddinset al. ~1999! reported
that low-level portions of DPOAE growth functions dropped
down to noise floor after noise exposure, and that although
high-level portions were retained, their decrease was system-
atic and almost as large for 80-dB SPL primary levels as for
60-dB SPL ones. Drawing a distinction between different
categories of experimental damage, as suggested by Eq.~1!,
can largely solve the apparent lack of consistency of the
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effects of pathology on high-level DPOAEs. The first cat-
egory involves a loss of cochlear activity due to either drugs
that primarily affect the endocochlear potential~e.g., furo-
semide at low doses; early stages of ischemia according to
Mom et al., 1997, 2001! or mild damage to OHCs~e.g., first
installments of gentamicin!—thereby affectingI.

The second category includes complete losses of OHC
structure or function~i.e., N and I decrease!, and hardly
raises the issue of ‘‘passive’’ high-level DPOAEs: there are
none. This striking positive correlation between fatal damage
to OHCs and absence of high-level DPOAEs makes it tempt-
ing to identify healthy OHCs as the sources of high-level
DPOAEs. This analysis lines up with the statement by
Lonsbury-Martinet al. ~1993! that the high-level DPOAEs
require the structural integrity of OHCs instead of being pro-
duced at a macromechanical level such as the BM. Mom
et al. ~2001! elaborated on this idea by showing that is-
chemia following mild auditory fatigue no longer produced
high-level DPOAEs: they proposed that these DPOAEs were
produced by the same elements that suffered from auditory
fatigue, i.e., the OHC stereocilia bundles~Patuzzi, 1998!.
Indeed, hair cell bundles present a conspicuous nonlinearity
~Flock and Strelioff, 1984; Patuzziet al., 1989b; Kroset al.,
1992; Jaramilloet al., 1993!. As already hypothesized,N in
~1! would amount to counting how many functional channels
persist in OHC stereocilia.

The present results of the ischemia experiment in gerbils
contradict none of the tested models. The detailed active/
passive interpretation as expounded in Mills~1997! can be
tentatively applied here since ischemia and furosemide effect
share common points. As for Eq.~1!’s prediction, it is likely
that ischemia affectsI as the drop in endocochlear potential
due to strial anoxia prevents the cochlear loop from effec-
tively feeding back enough energy into the cochlear parti-
tion, thereby diminishing its gain. In the meantime,N has no
reason to be affected immediately as reperfusion rapidly re-
stores DPOAEs~Mom et al., 1997!. From~1!, in the absence
of significant gain, the DPOAE level should decrease three
times faster~in dB! than I when the sound level in the ear
canal is decreased. Again, BM movements being scarcely
affected by pathology above 80 dB SPL,~1! predicts an al-
most unchanged DPOAE level~26 dB here!. Hence, it is not
necessary to hypothesize a differential vulnerability of the
DPOAE generators: once their input reaches near-normal,
they are expected to produce near-normal DPOAEs by nor-
mal mechanisms. At lower levels, while the slope ofI is
normally as small as 0.20 dB per dB decrease in the ear canal
according to Cooper and Rhode~1997, basal turn of guinea
pig!, it should gradually reach 1 dB/dB along with the im-
pairment of the cochlear gain: accordingly, the DPOAE level
should tend to decrease by 3 dB/dB decrease of the stimulus
level. Here, its slope was about 1.8 dB/dB~Fig. 7!. Its being
,3 dB/dB may be attributed to residual activity or adapta-
tion ~Mills, 1997!. Nevertheless, monitoring the cochlea with
high levels did not prevent the onset of ischemia from being
detected, and it happened even a little earlier than with
60-dB SPL stimuli. Again, of course, the criterion for detect-
ing a reliable change would have to be adapted to the moni-
toring level.

The interest of consideringFp(o) as possible modulat-
ing factors of distortion responses has already been empha-
sized by the experiments of Frank and Koessl~1996, 1997!,
who showed how a controlled displacement ofo could dif-
ferentially influence quadratic and cubic distortion. Like-
wise, the models of Bian and Chertoff~1998, 2001! and
Lukashkin and Russell~1999! explicitly refer to o. The in-
terest ofFp(o) in pathologies is suggested by the results of
the third experiment. Individual experiments produced some-
what dissimilar CM decreases that were balanced by com-
puting DPOAE-to-CM decrease ratios. Round-window CM
was extracted atf 1: being much lower than the characteristic
frequency at the recording place, CM could be safely as-
sumed to reflect the electrochemical gradient at the apex of
OHCs~Patuzziet al., 1989a; Momet al., 2001!; therefore, if
VOHC represents the voltage inside OHCs and EP the endo-
cochlear potential

CM~during!/CM~before!5~VOHC2EP!~during!/

~VOHC2EP!~before!.

Furosemide at reasonable doses as well as short-term is-
chemia reversibly act on the stria vascularis and decrease EP
while leaving OHCs intact~Ruggero and Rich, 1991!. This
results in an impairment of the cochlear feedback loop@I in
~1!# without alteringN ~1!. As the concurrent DPOAEs de-
creased much less with ischemia than furosemide~0.4 to 1.2
instead of 1.7 to 3.2, in dB per dB!, one expects that the
decrease ofI in ~1! was partly offset, for example by an
adaptive change ofF3(o) in ~1!. Reperfusion-induced
changes were even more complex, as the ratioDDPOAE/
DCM not only differed from the furosemide one, but varied
with time. The nonmonotonic CM recovery matched the
nonmonotonic recovery of EP mentioned by Rebillard and
Lavigne-Rebillard ~1992! and discussed by Millset al.
~1993! in relation to adaptation. Nevertheless, although also
nonmonotonic, DPOAE recovery was clearly different and
not synchronous. The most spectacular behavior was seen
when DPOAEs systematically plummeted after initially re-
covering while CM was near normal. Such findings can be
explained, for example, by a transient displacement of the
operating pointo toward a less asymmetric position along
the input–output characteristics of the nonlinear element
~Frank and Koessl, 1997; Bian and Chertoff, 1998, 2001!.

V. CONCLUSION

In summary, the present results suggest that, provided of
course the recording equipment is reliably distortion-free, the
persistence of high-level DPOAEs reveals the persistence of
functional nonlinear elements in the cochlea, and specifically
those showing the ability to transform sine waves into richer
harmonic complexes, thereby generating intermodulation. In
the meantime, the compressive nonlinearity exhibited by the
BM growth function may well have disappeared but this is
not paradoxical: intermodulation and compression are of a
completely different physical nature, the latter as a conse-
quence of the enhancement of BM motion by OHCs being
level dependent. Although it is well acknowledged that in the
normal cochlea, these two nonlinearities happen to come
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with one another, it must be kept in mind that they are inde-
pendent in many systems~e.g., hearing aids!.

That high-level DPOAEs can persist despite cochlear
pathology is of genuine physiological significance if it were
confirmed that the nonlinear elements are the mechanoelec-
trical transduction channels of OHCs. This is already sug-
gested by a variety of experiments~Patuzziet al., 1989b;
Kros et al., 1992; Jaramilloet al., 1993; Lukashkin and Rus-
sell, 1999; Momet al., 2001!. Without referring to any active
or passive mode of cochlear functioning, the proposed model
~1! ~despite its oversimplifications: for example, the spatial
distribution of DPOAE sources over the normal or pathologi-
cal BM was overlooked! rightly predicts that regardless of
the OHC pathology, low-level DPOAEs systematically van-
ish whenever the resulting hearing loss is large enough. As it
is already well acknowledged, their detection thus provides
the experimenter with a simple screening test. On the other
hand, the model also explains that because high levels move
the BM regardless of whether the cochlear loop acts or not,
high-level DPOAEs allow two categories of pathologies to
be differentiated: the first one damages the very origin of
distortion and/or interrupts the loop, and the second one im-
pairs any other stage~s! of the cochlear feedback loop while
at the same time respecting the nonlinear elements~and pre-
sumably the coupling mechanisms allowing DPOAEs to
reach the oval window!. Recorded alone, high-level
DPOAEs would be unsuitable for screening purposes; how-
ever, in the course of a more complex protocol comparing
the outcomes of several stimulus levels, their diagnostic
value could be high~Kemp, 1992; Brass and Kemp, 1994!
instead of being frequently called into question as noncon-
servative. However, the case of human ears deserves further
studies along this line, first because in the larger volume of
external ear canals, DPOAE recording systems may exhibit
troublesome instrumental distortion at lower stimulus levels
than in smaller rodent ears, and second because the splitting
of DPOAE growth function in low-and high-level segments
in humans may differ from that in rodents~Whitehead,
1997!.

In addition, the existence of adaptive-like phenomena
that modulate what relates DPOAE level to hearing loss
probably makes it deceptive to expect a universal DPOAE
loss-to-hearing loss relationship to be available. This adds to
the previously mentioned shortcomings of too simple of a
DPOAE screening strategy. Therefore, instead of focusing on
probably hopeless attempts at achieving some kind of objec-
tive audiometry, diagnostic procedures using DPOAEs might
benefit from exploiting the insights into the amount of re-
maining functional OHCs as indicated by high-level mea-
surements.
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In this paper, the influence of direct current stimulation on the acoustic impulse response of the
basilar membrane~BM! is studied. A positive current applied in the scala vestibuli relative to a
ground electrode in the scala tympani is found to enhance gain and increase the best frequency at
a given location on the BM. An opposite effect is found for a negative current. Also, the amplitude
of low-frequency cochlear microphonic at high sound levels is found to change with the concurrent
application of direct current stimulus. BM vibrations in response to pure tone acoustic excitation are
found to possess harmonics whose levels relative to the fundamental increase with the application
of positive current and decrease with the application of negative current. A model for outer hair cell
activity that couples changes in length and stiffness to transmembrane potential is used to interpret
the results of these experiments and others in the literature. The importance of thein vivo
mechanical and electrical loading is emphasized. Simulation results show the somewhat paradoxical
finding that for outer hair cells under tension, hyperpolarization causes shortening of the cell length
due to the dominance of voltage dependent stiffness changes. ©2003 Acoustical Society of
America. @DOI: 10.1121/1.1519546#

PACS numbers: 43.64.Kc, 43.64.Me, 43.64.Nf@LHC#

I. INTRODUCTION

Outer hair cells~OHCs! have been postulated to play an
important role in the nonlinear properties of the cochlea
~Dallos, 1992!. To this end, experiments over the past several
years have focused on obtaining the mechanical and electri-
cal properties of isolated OHCs.In vitro experiments have
shown that the OHC length~Santos-Sacchi, 1992! and the
stiffness ~He and Dallos, 1999! depend on the transmem-
brane potential. These results suggest that the force gener-
ated by the OHC due to a change in transmembrane potential
contains voltage-dependent active and reactive components
and that the contributions of the OHC should be studied
under its loadedin vivo state.

The experiments reported in this paper were performed
to determine the change in basilar membrane~BM! response
to combined electrical and acoustical stimuli. The current
stimulus can cause a ‘‘steady’’ change of the OHC trans-
membrane potential and provides a means to studyin vivo
OHC behavior. In particular, these measurements are used to

infer the relationship between current polarities and the state
of polarization in the OHCs and to interrogate the depen-
dence of harmonics in the BM velocity response to applied
electric and acoustic stimulation. Using a nonlinear trans-
ducer model for force generation by the OHC, the conditions
under which the experimental results can be simulated are
studied. An important prediction is that,in vivo, the OHC
stiffness variations arising from a change in the transmem-
brane potential change could play a more important role
compared to changes in its length~electromotility!. The
model also provides a framework for the design of experi-
mental protocols for further electro-acoustic studies and to
formulate and test nonlinear micromechanical constitutive
laws that may be included into a global cochlear dynamics
predictive code, such as that described in Parthasarathiet al.
~1999!.

II. METHODS

A. Surgical preparation

Healthy young pigmented guinea pigs~250–400 g! were
used in this study. The animals were housed in an American
Association for Accreditation of Laboratory Animal Care ap-
proved facility and experimental protocols approved by the
Committee on Use and Care of Animals at the Oregon
Health Sciences University. A combination of ketamine~40
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c!Current address: DoD Spatial Orientation Center, Department of Otolaryn-
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mg/kg i.m.! and xylazine~10 mg/kg i.m.! was used to anes-
thetize the animal. Supplementary doses of ketamine and xy-
lazine were given every 60 min. A tracheotomy was per-
formed and a ventilating tube was inserted into the trachea to
ensure free breathing. Then the animal’s head was fixed to a
headholder. After the bulla was opened to expose the co-
chlea, a silver~200–300mm diameter! electrode was placed
on the round window. The compound action potential~CAP!
measured from the round window electrode, with reference
to an Ag–AgCl ground electrode in the soft tissues of the
neck, was used to obtain information on theN1 detection
threshold~10 mV at the round window! of the CAP at a
given acoustic frequency. The threshold was used as an in-
dicator of the cochlear ‘‘sensitivity.’’ Figure 1 is a schematic
of the experimental setup.

A total of three openings@two in thescala tympani~ST!
and one in thescala vestibuli~SV!# were made. One open-
ing, approximately 300mm wide, was made on the ST side

of the cochlear basal turn for measurement of BM velocity.
BM velocity was measured using a laser Doppler velocime-
ter ~Polytec OFV-1101!, after placing gold-coated glass
beads~20mm diameter! on the ST side of the BM to improve
the BM reflectivity ~Nuttall et al., 1991!. Two electrodes of
size 1T ~Teflon-insulated platinum-iridium wire of 25mm
diameter, exclusive of insulation! were inserted into the two
other openings, one in the ST and the other in the SV, at the
basal turn for bipolar current stimulation across the cochlear
partition ~CP!. An opto-isolated current source was used to
drive the two electrodes. When used to deliver current across
the cochlear partition, a positive current is defined as that
flowing from a positively polarized SV electrode relative to a
negatively polarized ST electrode. Acoustic stimuli were de-
livered through a1

2-in. B&K condenser microphone coupled
to the external ear through a speculum.

It should be noted here that theN1 detection thresholds
of CAP for the preparations used in this study were usually
increased by up to 20–25 dB after the surgery. The loss in
sensitivity was a consequence of the damage caused by the
surgery needed to make three holes in the cochlear wall.
Cochleas with CAP losses greater than 30 dB were termed
‘‘insensitive’’ and were not considered for further analysis of
the type reported in this study.

B. Tuning curve measurement

In Fig. 2 a schematic of the protocol used for tuning
curve measurements is shown. Pseudo-random noise was
used to estimate the tuning curve through cross-correlation
between the input process and the response. AnN-point
band-limited random sequence with a normal probability dis-
tribution and whose power spectrum is limited to two oc-
taves, centered at 12 kHz, was sent to the digital-to-analog
converter. The normal distribution is a sufficient condition
for the convolution to exist~Papoulis, 1991!. Under ideal
low-pass conditions, as predicted by the stochastic version of
the sampling theorem, the resulting random process would
preserve the power spectral distribution. However, for prac-
tical purposes the generated random process could be as-
sumed to have the desired power spectrum in the ergodic
sense. Onset transients and acoustic delays from the sound
delivery system were eliminated, by presenting the signal
twice and sampling only from the secondN-point sequence.
The corresponding BM velocity response was first passed
through a 40-kHz antialiasing filter and then sampled at 250
kHz. Of the 2N velocity points acquired, the latterN points
would contain the response to the random sequence, only
circular shifted moduloN, and was used for spectral estima-
tion. Ideally N should be high, however the duration of the
direct current pulse is restricted in order to avoid gassing at
the electrode surface for any particular electrode surface
area. In the experiments, the current pulse was limited to 2
ms (N5512 at 250 kHz! and was used in the estimation of
tuning curves.~This duration is sufficient to avoid transients
during the current onset and offset, since a typical BM im-
pulse response lasts less than 2 ms.! The polarity of the elec-
trode in the SV was negative for the first 2N points followed
by a positive polarity for 2N points. As mentioned above,
current due to the former will be denoted as ‘‘negative’’ cur-

FIG. 1. Schematic of the electro-acoustic experimental setup. The acoustic
stimulus is a pseudo-random noise applied through a speculum coupled to
the ear canal. Two electrodes of size 1T, one each inscala vestibuli~SV! and
scala tympani~ST!, are used to simultaneously apply a current stimulus. The
electrodes are placed as deep into the scala as possible to minimize the
current spread.

FIG. 2. Schematic of the protocol for tuning curve measurement using
pseudo-random noise. In a single epoch, the random process is presented
four times.TN is the duration of each epoch corresponding to theN points in
the random sequence sent to the D/A converter. A simultaneous bipolar
current stimulus is also applied.da is the acoustic time delay from the D/A
converter to the stapes. The onset acoustic transient response duration isTa ,
and the onset and offset electric transient response durations isTe . It can be
seen thatRn and Rp are just the shifted responses to inputsI n and I p ,
respectively, and are not corrupted by the transients. The tuning curve is
obtained through cross correlation betweenI n and Rn for the ‘‘negative’’
current effect and betweenI p andRp for the ‘‘positive’’ current effect.
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rent and the latter as ‘‘positive’’ current. A stimulus level
matrix consisting of acoustic input levels 30, 50, 70, and 90
dB SPL and current levels 0, 50, and 75 microamperes~mA!
rms with a 5-ms pulse phase were typically used. The tuning
curves were estimated after normalizing with the correspond-
ing stapes response resulting in the cochlear ‘‘gain’’ func-
tions.

In each experiment, BM velocity response to a series of
pure tones was also measured. The frequencies were stepped
through 1-kHz steps from 11 to 20 kHz for the same stimulus
level matrix as for the noise. Intensity functions were con-
structed from these measurements. Also, the BM velocity
data were windowed and used for Fourier analysis to obtain
the harmonic distortion.

III. TUNING CURVES

As a point of reference, the stapes normalized BM ve-
locity tuning curves for acoustic inputs at different levels are
shown in Fig. 3 for no current stimulation. The gain and
characteristic frequency~CF! change as a function of the

input acoustic level, similar to results available in the litera-
ture ~e.g., Nuttall and Dolan, 1996; de Boer and Nuttall,
1997; Ruggeroet al., 1997!. In Fig. 4, the tuning curve at 30
dB SPL with and without a positive current stimulus of 50
mA is shown. As a second example, the influence of a posi-
tive and negative 75mA direct current in conjunction with a
50 dB SPL acoustic input on the tuning curve is shown in
Fig. 5.

Application of a positive current causes two important
effects on the BM velocity tuning curve:~1! an enhanced
gain for the BM velocity and~2! an upward shift in the CF.
In Fig. 4, an increase in the maximum gain of about 6 dB is
achieved close to the new CF, shifted up from 15.3 to 16.3
kHz. Conversely, a negative current causes velocity reduc-
tion, and decreases the CF~see Fig. 5!. These results were
observed in all the three animals used in this study.

FIG. 3. Basilar membrane velocity tuning curve responses to an acoustic
stimulus~GP217!. FIG. 4. Influence of 50mA positive current on BM tuning curve for 30

dBSPL acoustic input~GP217!. The CF is shifted upwards from 15.3 to 16.3
kHz. The BM gain at the new CF is about 6 dB higher than without the
current stimulus. No detectable changes were seen in the phase response.
Experiments with pure tones, and hence better signal-to-noise ratio, showed
that gain can be achieved at all frequencies, though it decreases at frequen-
cies above and below the new CF.
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The response enhancement/reduction occurs at all tested
current levels and were monotonic in their correlation to
positive or negative current injection. These effects are in-
creased with the current level in this study~i.e., a larger
negative currents give rise to greater response reduction and
larger positive currents gives rise to greater response en-
hancement!. The shifts associated with electrical stimulation
are decreased with increasing input acoustic levels. The in-
tensity function is also modified as seen in Fig. 6, where the
influence of current stimulus on the BM velocity intensity
function is shown. The dynamic range of the intensity func-
tion is decreased during a positive current stimulus and in-
creased during the negative current stimulus.

At very high acoustic stimulus levels~90 dB SPL!, it
was still possible to produce changes in the tuning curves,
but only at current levels above 300mA. At such current
levels the sensitivity of the cochlea was often lost subsequent
to gassing at the electrode tip due to electrochemical reac-
tions and hence was not consistently studied.@Higher current
levels, up to 500mA, have been reported in Nuttall’s labo-

ratory ~Nuttall et al., 1999! using 3T size platinum wires
which have a larger surface area compared to the 1T size
wires used in this study.# Also, the response reduction or
enhancement was influenced by the sensitivity of the co-
chlea. In insensitive preparations, with a CAP threshold loss
of more than 30 dB during the course of the surgery, velocity
modulation could not be detected at the current levels used.
Also, in an additional experiment, measurements were per-
formed on a kanamycin-treated guinea pig with no observ-
able enhancement or suppression of the acoustic response.
Since kanamycin selectively eliminates OHC, as assessed by
electrically evoked emissions~Nuttall and Ren, 1995!, it was
concluded that intact OHCs were requisite to evoke changes
in BM motion by electric stimulation.

The impulse response and instantaneous frequency esti-
mated from the tuning curves is shown in Fig. 7. The im-
pulse response was obtained through inverse Fourier trans-
form and the instantaneous frequency through a derivative of
the phase of the corresponding analytical signal. It should be
noted that the impulse response is not accurate as it is not

FIG. 5. Electro-acoustic response at 50 dBSPL~GP252!. The CFs with the
negative and positive currents are 16.6 and 17.3 kHz, respectively. Again, no
detectable changes were seen in the phase response.

FIG. 6. ~a! Influence of 50mA current stimulus on the intensity function at
16 kHz ~GP217!. ~b! The BM velocity gain or loss due to the current stimu-
lus. The gain/loss drops with increasing acoustic level.
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derived from the complete spectrum, since only a 2-octave-
wide input was used. However, within the context of deter-
mining the influence of the current stimulus, it is an accept-
able representation since current stimulus has most of its
influence only close to CF. The positive current stimulus in-
creases the amplitude of the impulse response, indicative of
the increased gain, and also causes the instantaneous fre-
quency to ‘‘glide’’ to a higher value.

IV. QUASI-STATIC BASILAR MEMBRANE RESPONSE

The experimentally observed changes in the CF during a
direct current stimulus are indicative of a change in the prop-
erties of the OHC. However, it is not known, for example, if
the positive current stimulus causes a depolarization or hy-
perpolarization of the OHC transmembrane potential. Using
a scala media~SM! voltage stimulus, Xueet al. ~1995! con-
cluded that a positive voltage in thescala mediacauses OHC
shortening, and hence depolarization. More recently, Nuttall
et al. ~1999!, using the same preparation techniques as used
in the current work, measured a shortening of the OHC due
to positive current pulse in thescala vestibuli; results repro-
duced in Fig. 8. Thein situ measurements of Mammano and
Ashmore~Mammano and Ashmore, 1993! attempt to do the
same. By measuring the voltage inside the OHC and the
displacement of the BM and reticular lamina, they show that
OHCs hyperpolarize and also lengthen in response to a posi-
tive current pulse at the apical side of the hair cells. Their
observations were however made in the apical turn~where
the resting potential in about216 mV! while Xue et al. and
Nuttall et al. performed their experiments on the basal turn

~where the resting potential is about270 mV!. In the fol-
lowing analysis, we attempt to reconcile these apparently
conflicting results using a local quasi-static analysis.

A. Nonlinear OHC transducer model

We consider the length changes of the OHC due to
forces applied to the basal and apical ends and changes in the
transmembrane potential. The OHC is assumed to be inter-
nally pressurized and variations about the resting pressuriza-
tion of the cell are considered. We assume an effective OHC
constitutive law of the form~He and Dallos, 1999!:

FOHC5KOHC~V!„LOHC2LOHC
f ~0!…2g~V!, ~1!

whereKOHC(V) is OHC stiffness under voltage clamp con-
ditions,LOHC is the length of the OHC at a given voltage and
force level, the force on the OHC isFOHC, g(V) is the active
force which is taken to be a function of the transmembrane
potential ~and not displacement!, and LOHC

f (0) is the free
~zero force! length of the OHC at zero transmembrane po-
tential difference. In this model, the OHC stiffness has a
nonlinear dependence on the applied voltage~possibly attrib-
utable to a voltage dependent conformal change in a trans-
membrane constituent!. While a voltage-dependent nonlin-
earity is assumed to existin vivo, we assume that
deformations are sufficiently small so that geometric stiffen-
ing does not occur, thereby making the forces linear in dis-
placement. Validation of such a model warrants further con-
sideration of the micromechanics of the lateral cortex of the
OHC ~note that the static transmembrane pressure difference
will also set the resting position of the OHC, although it is
not explicitly written in the equations!. However, for the pur-
poses of this study, we need only consider the effective prop-
erties, properties that have been measured in isolated hair

FIG. 7. The positive current stimulus increases the amplitude of the impulse
response, indicative of the increased gain. Application of the positive current
stimulus causes the instantaneous frequency to go up to a higher value.

FIG. 8. BM displacement measurements~GP033! due to a current pulse
measured by Nuttall and co-workers~Nuttall et al., 1999!. Measurement
location is near the first row of OHCs. A positive voltage causes the BM to
move towardsscala vestibuliindicating OHC contraction. The stimulus cur-
rent level was 500mA.
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cells. Finally, note that Eq.~1! is the first of two equations
necessary to define the state of the OHC. The second equa-
tion is a constitutive law that relates the total transmembrane
current to the displacement and voltage. Our goal in present-
ing a model for the OHC force response is to explain ob-
servedin vivo behavior of the OHC—and only Eq.~1! is
needed for this purpose. In summary, the model underlying
Eq. ~1! contains two important assumptions, related to those
presented in He and Dallos~1999!: ~1! the OHC stiffness
depends on voltage but not displacement and~2! the active
component depends only on voltage. The total force there-
fore consists of reactive and active components dependent on
the voltage, displacement, and boundary conditions.

Most measurements of OHC properties have been under
voltage clamp conditions with zero external force applied to
the OHC ~i.e., FOHC50); this experiment gives rise to the
free length of the OHC as a function of voltage as computed
from Eq. ~1!,

g~V!/KOHC~V!5„LOHC
f ~V!2LOHC

f ~0!…, ~2!

where the special free boundary condition is denoted by the
superscriptf. Experimentally,g(V)/KOHC(V) is a function
that increases with hyperpolarization of the cell~Santos-
Sacchi, 1991! and g(0)50. The free length change of iso-
lated OHCs as a function of voltage has been measured~e.g.,
Santos-Sacchi, 1991!.

B. Quasi-static response in situ

Next a simplified static model of a radial section of the
CP is considered. The CP stiffness is assumed to be most
influenced by three series stiffnesses:Kt ~tectorial mem-
brane!; Kb ~basilar membrane!, and KOHC(V). KOHC(V) is
the stiffness of the isolated OHC measured under voltage
clamp conditions~He and Dallos, 1999!. For simplicity, the
stereocilia and Deiters’ cells are neglected but can be lumped
within Kt andKb , respectively. Likewise, the radial depen-
dence of the interaction of the three different OHCs in each
radial segment and the BM stiffness can also be considered.
The model here includes one OHC and utilizes the point
stiffness for the BM and TM found in the literature; hence it
is assumed that the average effect is roughly the same for the
three OHCs as for a single OHC.

The OHC is inserted between the BM and TM~see Fig.
9 and an additional length scale must be included at this
point!, the length of the OHC that gives rise to zero deflec-
tion in the springs associated with the TM and BM. This
distance is denoted asl and can be thought of~loosely! as the
distance between the Deiters’ cells and TM in the absence of
an OHC. A static analysis of the forces acting on the OHC,
BM, and TM yields the following relation,

FOHC5gd, ~3!

whereg5KbKt /(Kb1Kt) is the series combination of TM
and BM stiffness andd5X22X1 , whereX1 and X2 repre-
sent the displacement of the springs associated with the BM
and TM, respectively, away from their unstretched positions
~i.e., their positions in the absence of the OHC! as shown in
Fig. 9. In this simplified model, the motion of the basal end
of the OHC is the same as the BM and the apical end of the

OHC moves in concert with the TM. Note thatl is the sepa-
ration of the attachment points for the OHC in a stress-free
condition and thatd measures the deformation away from
that position.

Using the relationLOHC5 l 2d and combining Eqs.~3!
and ~1! yields

KOHC~V!„l 2d2LOHC
f ~0!…2g~V!5gd. ~4!

Solving for d,

d5
l 2LOHC

f ~V!

11g/KOHC~V!
, ~5!

where g(V)/KOHC(V)5„LOHC
f (V)2LOHC

f (0)…, Eq. ~2!, has
been used to rewrited in terms of the most readily available
experimentally measured quantities. Experimental values for
the length of OHCin vivo or the separation between TM and
BM in the absence of OHCs are not available. Therefore,

FIG. 9. Three possible configurations for the OHC to existin vivo at the
resting potential.l is the separation between the TM and the BM, in the
absence of the OHC.LOHC

f (V) is the length of the OHC at a voltageV in the
unloaded condition.~a! OHC is neither in tension nor compression.~b! OHC
is in compression.~c! OHC is in tension.
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depending on the actual value ofl, d could be positive, nega-
tive, or zero.

Figure 9 is a schematic of the nonlinear transducer
model showing the three possible cases. The motion of the
OHC predicted by the model in response to a quasi-static
voltage excitation is next considered using these three differ-
ent stress conditions as the resting or initial state. Since
physiological deformations are likely on the order of nanom-
eters, only small deformations of the loaded OHC in equilib-
rium about the resting transmembrane potential difference,
VR, are considered. The resting potential is denoted asVR

while the equilibrium deformation atVR is denoted asdR.
Predictions of the deformation,d, due to a hyperpolarizing
voltageV,VR ~assuming that the resting transmembrane po-
tential is negative, as usual!, will be studied along with the
concomitant changes in the OHC length.

1. Case 1: Initially stress free l ÄL OHC
f

„VR
…

Increasing hyperpolarization will result in an increasing
value of LOHC

f (V), thereby increasing the magnitude of the
negative numberd @see Eq.~5!#. SinceLOHC5 l 2d, hyper-
polarization will cause the OHC to lengthen and the BM
moves towards thescala tympani. For this case, quasi-static
hyperpolarization always gives rise to an increase in OHC
length and depolarization will result in shortening. The re-
straining stiffness of the supporting cells~embodied in the
term g/KOHC) reduce the amount of deformation compared
to the unloaded case.

2. Case 2: Initial compression l ËL OHC
f

„VR
… and dRË0

The ratio ofd at voltageV to dR at the resting potential,
VR is

~6!

For a hyperpolarizing voltage (V,VR) magnitudes of both
the terms in the brackets are greater than unity and increas-
ing. Hence,d/dR.1. SincedR,0 andd,0 for hyperpolar-
ization, this implies that the OHC expands with hyperpolar-
ization and the BM again moves towards thescala tympani.
Once again, hyperpolarization gives rise to an increase in the
in situ length of the OHC just as in the free condition. De-
polarization of a compressed cell will necessarily result in
shortening until the OHC goes into tension@i.e., l
2LOHC

f (V).0]. After that, incremental changes in voltage
are governed by the analysis below. The factorsb andh will
be utilized in the next section.

3. Case 3: Initial tension l ÌL OHC
f

„VR
… and dRÌ0

Equation~6! is also valid for this case. However,b is
less than unity, decreasing with greater hyperpolarization
while h is greater than unity~as in the compression case!.
Hence the OHC will expand or contract depending on the
relative dominance of the two effects. In order to facilitate
analysis, Eq.~6! is simplified further. It is known that the

axial stiffness of the OHC is much less than that of the TM
and the BM. As an example of the order of magnitude that is
expected,Kb59 N/m for gerbils ~Olson and Mountain,
1991!, Kt50.125 N/m for gerbils~Zwislocki and Cefaratti,
1989!; andKOHC54.8 mN/m for guinea pigs~He and Dallos,
1999!. Hence it is reasonable to expect thatKTM@KOHC.
Thereforeh'KOHC(V)/KOHC(VR) sinceg/KOHC@1 and

d

dR 5F l 2LOHC
f ~V!

l 2LOHC
f ~VR!G F KOHC~V!

KOHC~VR!G . ~7!

The sensitivity of the isolated OHC length and stiffness
changes to a change in the transmembrane potential at the
resting potential~270 mV! is given below:

~1! Isolated OHC length increases with hyperpolarization.
The sensitivity of the isolated guinea pig OHC is about
10 nm/mV ~Santos-Sacchi, 1992!, thus quantifying
LOHC

f (V)/LOHC
f (VR).

~2! Isolated OHC stiffness increases with hyperpolarization.
The slope of the percentage change in the stiffness is
about 0.38%/mV for isolated guinea pig hair cells~He
and Dallos, 1999! thus quantifyingKOHC(V)/KOHC(VR).

Using these values and assuming an OHC length of
LOHC

f (VR)570mm at the resting potential,

d

dR 5F l /LOHC
f ~VR!2~111.431024DV!

l /LOHC
f ~VR!21 G

3@113831024DV#. ~8!

Equation~8! predicts that the effect of the stiffness change is
about 30 times greater than that of the length change. Figure

FIG. 10. The predictedin vivo relative deformation of the OHCd compared
to its deformation at the resting potential,VR, for different values of
l /LOHC

f (VR). The assumed value forLOHC
f (VR) is 70 mm. In the x axis a

positive value indicates depolarization and a negative value indicates hyper-
polarization. In they axis a value greater than one indicates extension and
less than one indicates contraction. It is seen that hyperpolarization causes
the OHC to contract and depolarization causes it to expand from its resting
state. Also,d has a nonlinear dependence onDV that would give rise to
harmonic distortion.
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10 is a plot ofd/dR for hyperpolarization and depolarization
at different values ofl /LOHC

f (VR).
Therefore, under the restrictions set out for the ratio of

the BM, TM, and OHC stiffness and the voltage sensitivities
of the active and reactive length changes, a hyperpolarization
can give rise to a contraction of the OHC. This effect is also
seen in the following simple analogy. Consider a spring un-
der tension. If the spring stiffness is somehow increased
while the force remains the same, the spring will contract. In
this model of the OHC under tensile loadin vivo, OHC hy-
perpolarization contraction due to stiffness increase domi-
nates electromotile expansion during hyperpolarization.
These predictions are valid for transmembrane potential
changes of up to620 mV about the resting potential. The
main result of this prediction is the dependence ofin vivo
OHC motility on the loading of the OHC. This dependence
makes the interpretation of the results from experiments
more difficult, since contraction of the OHC does not neces-
sarily mean depolarization of the cell.

V. COCHLEAR MICROPHONIC

Low-frequency cochlear microphonic at high sound lev-
els measured near the round window is an indicator of the
OHC receptor potential near the basal region. An increase or
decrease in the CM, during the application of a concurrent
direct current stimulus can be construed as a corresponding
change in the receptor potential.

A SV/ST bipolar stimulation electrode likely influences
a narrow region of OHCs and hence its effect on the CM
measured at the round window may not be detectable. There-
fore, an alternative approach was taken where a current
stimulus was applied at the round window~which affects a
wider region of OHCs! using a monopolar platinum wire of
size 2T~ground wire in the neck muscle! and the differential
CM measured across the SV/ST near the 16–18 kHz CF
location ~Fig. 11! with the electrode in the SV wired to the
negative input of the differential amplifier while the ST elec-
trode was wired to the positive input.

The current level used was 50mA which was applied for
5 ms. The CM was measured for an 0.8-kHz sound at 90 dB

SPL, delivered in conjunction with the current stimulus. The
voltage presented in Fig. 12 is computed as follows. The
voltage measured from the electrical stimulation alone is
subtracted from that measured under combined acoustic and
electrical loading. In this way, the effect of the acoustic
stimulus on the CM is made more evident while the electric
‘‘only’’ effect is extracted. Since the vibration levels at the
16–18-kHz CF place due to 0.8-kHz acoustic stimulation are
quite small, the slight asymmetry seen in the CM is most
likely a manifestation of this subtraction processing and not
from the nonlinear conductance stereocilia motion transfer
function. The transducer channels are not saturated at this
location ~as the bipolar electrodes are hypothesized to sense
localized voltage fluctuations! so the local voltage fluctua-
tions should be, and are, roughly symmetric about the resting
potential.

A negative RW current increases the CM while a posi-
tive RW current decreases the CM relative to the CM with no
current applied. From an equivalent circuit approximation of
the cochlear fluids~e.g., Geisler, 1998; Evans and Dallos,
1993! a negative current applied to the RW relative to a
distant ground corresponds to a positive current applied from
the SV electrode to the ground electrode in the ST. This is
because adding a negative current to the ST at the round
window can be thought of as adding a current sink to that
duct, thus making the SV relatively more positive~as a cur-
rent source!. This prediction was verified by microelectrode
insertion into the cochlear fluids during current stimulation.
A glass pipet microelectrode was inserted into the ST during
round window~RW! excitation and separately during SV/ST
current injection. The voltage measured using RW excitation
was found to be of the opposite polarity to that measured
using the SV/ST stimulation protocol. Note also that micro-
electrode pipet investigations determined that a positive cur-
rent applied to the SV increases the endocochlear potential
~EP! by increasing the voltage in both the scala media and
SV while reducing the voltage in the ST~a negative current
has the opposite effect!.

An increased CM due to a negative RW current~corre-
sponding to a positive SV/ST current! is indicative of an

FIG. 11. Schematic of CM measurement setup. A ST/SV bipolar electrode
influences a narrow region of OHCs and hence its effect on the CM mea-
sured at the round window may not be detectable. Instead current stimulus
was applied at the round window~which affects a wider region of OHCs!
and the CM measured across the SV/ST. CM was measured for an 0.8-kHz
sound at 90 dB SPL, delivered in conjunction with the current stimulus
pulse. A positive current applied to the RW is similar to a negative current
from a SV to ST bipolar electrode pair and a negative current at the RW is
similar to a positive current from a SV to ST bipolar electrode pair~see text
for discussion!. FIG. 12. Influence of 50mA current stimulus on the cochlear microphonic

response~GP451!.
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increase in the receptor potential arising from the increased
transduction current produced by the total driving potential
~i.e., the effective endocochlear potential is increased! and/or
an increase in the stereocilia motion due to a decrease in the
stiffness of the OHC or the stereocilia.

In conjunction with the measurements of the electrical
response, the basilar membrane velocity in response to the
combined acoustic and electric loading described in this sec-
tion ~the protocol associated with Fig. 11! was measured.
This was done in order to characterize the mechanical re-
sponse of one end of the OHC~through the Dieters’ cell
connection to the BM!. It was noted that the basilar mem-
brane velocity in response to low-frequency steady-state
acoustic excitation~0.8-kHz vibrations measured at the 18-
kHz place! is relatively insensitive to alterations in the injec-
tion of current at the RW. Measurements were taken on sev-
eral animals and no measurable change in the velocity was
found under the current modification. Using the noise proto-
col rather than the steady-state measurements, the low-
frequency vibrations~see the 6-kHz response in Figs. 4 and
5! show in one case no change in the response~Fig. 5! and in
the other an increase with positive current~Fig. 4!. Since
signal processing associated with the noise was more fo-
cused to a band of frequencies around the CF, the steady-
state measurements of low-frequency vibration are taken as
more reliable at this time. More study on this is needed to
determine if SV/ST current stimulation gives rise to low-
frequency changes in the velocity~thereby indicating a
change in the stiffness!. Measurement of the apical end of
OHC is not yet possible in this preparation, a measurement
that would clarify this discussion greatly.

VI. HARMONIC DISTORTION

Equation ~8! predicts quadratic distortion in the dis-
placement~and hence velocity! response of the BM to a time
harmonic input. Also the mechano-electric~stereocilia! and
electro-mechanic~OHC! transducer functions, which exhibit
a saturating nonlinearity, could introduce distortion in the
BM vibrations. Harmonic distortion has been reported in the
mechanical responses of isolated OHC preparations~Santos-
Sacchi, 1993!, intracellular receptor potentials~Dallos and
Cheatham, 1989!, and in cochlear models using the nonlinear
function describing the OHC voltage-dependent mechanical
activity ~Nobili and Mammano, 1996!. Cooper has reported
harmonic distortion in BM displacement response in the
guinea-pig cochlea~Cooper, 1998!. BM velocity responses to
acoustic stimulus in guinea pigs have also been shown pre-
viously to contain harmonics, by Parthasarathiet al. ~1998!.
Both even~second! and odd~third! harmonics were present
in response to a purely acoustic stimulus, though the latter
could not be quantified in this study due to the 40-kHz anti-
aliasing filter cutoff before A/D conversion. The second har-
monic distortion was usually at 30 dB below the fundamen-
tal, though at low stimulus levels it was below the noise
floor. In general, the relative second harmonic distortion de-
creased with increasing input acoustic levels. Changing the
OHC polarization could influence the harmonics. In Fig. 13,

BM velocity response to a 15-kHz tone burst~CF at the
stimulus level 70 dB SPL! and a bipolar current pulse at 50
mA is shown.

Also shown is the spectrogram of the total response nor-
malized to the magnitude at the fundamental. The spectro-
gram shows the fundamental response at 15 kHz and also a
weaker response at the second harmonic at 30 kHz. The level
of the harmonic is lower when SV is negative than during SV
positive. The relative harmonic level during the negative cur-
rent stimulus is234 dB and231 dB during the positive
current. In the absence of any current stimulus it is233 dB.
Hence, the relative second harmonic distortion decreases
during a negative current and increases with a positive cur-
rent. This behavior was consistently observed across ani-
mals. Also to be noted here is that while the relative second
harmonic distortion changes by about 3 dB between negative
and positive current, the amplitude of the fundamental
change by less than 1 dB. The 15-kHz tone was chosen to be
slightly lower in frequency than the CF of the location where
velocity is measured. Analysis of some of our earlier data on
enhancement/reduction~Parthasarathiet al., 1998! also re-
vealed a corresponding increase/decrease in relative second
harmonic distortion~Fig. 14!.

VII. DISCUSSION

The main experimental findings of this paper relate the
effects of SV/ST bipolar current stimulation to the mechani-

FIG. 13. Spectrogram of BM velocity response during response enhance-
ment using positive current of 50mA ~GP252!. The amplitudes are plot
relative to the response magnitude at 15 kHz. The current stimulus protocol
used in this measurement is shown at the top. A negative current is applied
from 1.0 to 3.5 ms. A positive current is applied from 4.0 to 6.5 ms.

450 J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Parthasarathi et al.: Effect of current stimulus



cal measurement of the velocity of the basilar membrane.
The influence of electric stimulus on OHC polarization is
still not clearly known—its future resolution is important in
that it forms the basis of elucidating thein vivo role of OHCs
through these electro-acoustic experiments. This discussion
focuses on the interpretation of these electrophysiological
experiments in view of the current literature on OHC micro-
mechanics.

Xueet al. ~1995! concluded that a positive voltage in the
scala mediacauses OHC shortening, and hence depolariza-
tion. More recently, Nuttallet al. ~1999! predicted that a
positive current pulse in thescala vestibulicauses OHC de-
polarization. These conclusions were arrived at through ex-
trapolating the direction of motion~motility! of an isolated
OHC to a change in its transmembrane potential. Hence they
may not be valid for an OHC under load~as is the interpre-
tation given in Sec. V of this paper!. The in situ measure-
ments of Mammano and Ashmore~1993! of the intracellular
voltage of the OHC and the displacement of the BM and
reticular lamina show that OHCs hyperpolarize and also
lengthen in response to a positive current pulse at the apical
side of the hair cells. Our theoretical results show that
knowledge of the OHC response to voltage alone is not suf-
ficient to determine the polarization of the OHC; either the
initial mechanical load or the intracellular voltage is also
needed to completely characterize the loaded response. The
effect of the OHC initial mechanical and electrical configu-
ration is likely important forin vivo effects other than that
studied in this paper, such as olivocohlear efferent stimula-
tion, given the coupled dependence of the cochlear trans-
ducer on the electrical and mechanical setpoint.

The current study brings to the fore the issue of voltage-
induced change of OHC stiffness and length for thein vivo

situation. Results and analysis indicate that stiffness changes
should be included in predictions of the motion of the co-
chlear partition as well as OHC length changes. The current
material property data indicate that stiffness has a higher
sensitivity to voltage than length changes around the OHC
operating point. Two interesting implications arise from the
quasi-static analysis. First, under a specific set of boundary
conditions and loadings, the seemingly paradoxical predic-
tion that OHC hyperpolarization can give rise to contraction
of the cell in vivo. Second, for cycle-by-cycle force genera-
tion via OHC mediated activity, OHC stiffness changes may
dominate length changes in their contribution to the load
applied to the BM and organ of Corti.

This second result does not imply, however, that the load
applied through the stiffness change will be completely pha-
sic with displacement. The stiffness change is dependent on
the transmembrane potential (V). The dynamic ‘‘stiffness
change’’ generated force applied to the BM and organ of
Corti at the excitation frequency is proportional to the dy-
namic, voltage-induced stiffness change times the static de-
flection of the OHC. Therefore, the associated forces can be
in phase with the basilar membrane velocity or displacement
depending on the details of the mechanical to electrical trans-
ducer function~i.e., the electrical circuit of the OHC and
cochlear fluids!. This circuitry is not yet completely under-
stood nor are the precise details of the manner in which the
OHC stereocilia are mechanically sheared in order to open
the transduction channels. Two forces are certainly present:
~1! tectorial membrane shear force and~2! fluid-flow-
induced shear forces. The relative dominance of these forces
has not yet been determined. More electro-fluidic modeling
~both local to the OHC and global to the cochlea! and ex-
perimentation are needed to elucidate the phase of thein vivo
active loading and relative voltage contributions. The present
study emphasizes the importance of determining the current
paths and impedances in order to understand the macro-
scopic behavior of the cochlea.

This question of whether positive bipolar current stimu-
lation applied to the SV/ST in the first turn gives rise to
hyperpolarization or depolarization of the OHC is still open.
The increase in the CF~and increased frequency to which the
glide asymptotes! is indicative of an increase in stiffness
~consistent with hyperpolarization!. However, a cautionary
remark about the relative size of the OHC-mediated stiffness
changes is warranted at this point. While the quasi-static de-
formations can be attributed to OHC stiffness changes alone,
the shifts in best frequency seen in the data presented here
are far too large to be attributable to only a shift in the OHC
stiffness, using currently available material property data.
The OHC stiffness constitutes only a small portion of the
overall cochlear partition stiffness. A change in the amount
of damping in a mechanical system can also give rise to a
shift in the frequency of peak response of the system. If the
system is nominally highly damped, then a decrease in
damping will increase both the amplitude of the maximum
displacement response and the frequency where this maxi-
mum occurs. The change in the glide~or instantaneous fre-
quency! could be due to a reduction in the apparent damping
due to an appropriately phased active control from the OHC.

FIG. 14. Influence of positive and negative current on BM velocity relative
harmonic distortion~GP113!. The amplitudes are plotted relative to the re-
sponse magnitude at 18 kHz~CF of measurement location!. Note also that at
30 dB SPL~3!, the relative second harmonic content is232 dB which falls
to 239 dB when the input level is increased to 70 dB SPL~s!, similar to
predictions by Cooper~Cooper, 1998!.
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The interpretation of the instantaneous frequency result is
ambiguous at this point. Positive current yields a glide to
higher frequencies than when negative current or no current
is applied. This larger glide could be due to a stiffening of
the system or simply that the response has not been damped
out before the higher frequency is seen~see Fig. 7! because
the damping is lower. Hence, the level-dependent shift in CF
seen in Fig. 3, which is very similar to the electrical modifi-
cation seen in Fig. 5, may be due to the cochlear amplifier
counteracting the viscous losses in the system, an increase in
the cellular stiffness or a combination of these effects. Shera
~2001! presents results for a model that produces variable
glide and amplitude shifts with very little~or no! change in
the stiffness of the global system. The glide can be accounted
for through the dispersive nature of wave propagation in the
cochlea.

The increase in the relative second harmonic distortion
during a positive SV/ST current suggests that the electro-
mechanical transducer function may be biased towards its
saturation point~indicating OHC hyperpolarization and a
shift away from the linear part of the length to voltage trans-
ducer function!, giving rise to higher levels of nonlinearity.
Increased motion of the apical end of the OHC would also
give rise to higher harmonic levels, through increased motion
of the stereocilia. The latter effect is consistent with depolar-
ization of the OHC and attendant decrease in the stiffness.
The increased motion of the BM during positive current
would yield higher level of nonlinearity through saturation of
the stereocilia gating resistance. The enhancement of the CM
seen with negative RW current~which causes an increase in
the EP just as positive SV/ST current does! is consistent with
~1! an increased EP and~2! decreased OHC stiffness and
increased OHC motion. The correlation of higher relative
harmonic level with decreased applied acoustic load~see Fig.
14! points out the interesting effect that the nonlinearities are
relatively more important at low levels.

The increased endocochlear potential~EP! induced by a
positive SV/ST applied current explains much of the en-
hancement and increase in harmonic levels. With the com-
bined effects of OHC stiffness changes and elongation, indi-
rect determination of the OHC polarization is some what
problematic in the current preparation. Comprehensive mi-
croelectrode studies, probing the electrical response of the
OHC and the surrounding cells in response to electrical
stimulation, hold the hope of directly measuring the electri-
cal potentials in the cells~with the challenging proposition of
actually measuring the intracellular voltage of an OHCin
vivo!. Another possibility is optical measurement of OHC
receptor potentials via the use of voltage sensitive dyes. De-
termining the effect of current stimulation on the OHC po-
tential will assist in interpreting the results of these experi-
ments which will lead to important determinations as to the
resting mechanical~i.e., thein situ OHC loading! and elec-
trical configurations.
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The low-pass voltage response of outer hair cells predicted by conventional equivalent circuit
analysis would preclude the active force production at high frequencies. We have found that the
band pass characteristics can be improved by introducing the piezoelectric properties of the cell
wall. In contrast to the conventional analysis, the receptor potential does not tend to zero and at any
frequency is greater than a limiting value. In addition, the phase shift between the transduction
current and receptor potential tends to zero. The piezoelectric properties cause an additional,
strain-dependent, displacement current in the cell wall. The wall strain is estimated on the basis of
a model of the cell deformation in the organ of Corti. The limiting value of the receptor potential
depends on the ratio of a parameter determined by the piezoelectric coefficients and the strain to the
membrane capacitance. In short cells, we have found that for the low-frequency value of about 2–3
mV and the strain level of 0.1% the receptor potential can reach 0.4 mV throughout the whole
frequency range. In long cells, we have found that the effect of the piezoelectric properties is much
weaker. These results are consistent with major features of the cochlear amplifier. ©2003
Acoustical Society of America.@DOI: 10.1121/1.1526493#

PACS numbers: 43.64.Ld, 43.64.Nf, 43.64.Bt@LHC#

I. INTRODUCTION

An understanding of the frequency response and selec-
tivity has always been a central problem of cochlear mechan-
ics and hearing science~Zwislocki, 1953; Zweig et al.,
1976!. It is thought now that outer hair cell electromotility
~Brownell et al., 1985, 2001!—changes in the cell length
caused by changes in the cell membrane’s electric
potential—is a key contributor to the sharp frequency selec-
tivity and active amplification~cochlear amplifier! in the
mammalian ear~Geisler, 1998; Dallos, 1996; Ruggero,
1992!. Passive vibration of the basilar membrane and tecto-
rial membrane in the cochlea is amplified by the active force
and energy produced by the electromotile outer hair cells.
Such amplification is observed under high-frequency stimu-
lation in the basal turn of the cochlea where outer hair cells
are short~Rhode, 1971; Cooper and Rhode, 1992!. The ac-
tive amplification disappears in the deeper areas of the co-
chlea where outer hair cells are long~Zinn et al., 2000; Hem-
mert et al., 2000; Cooper and Rhode, 1995!. Direct
measurements of the active force produced by outer hair
cells in vivo under high-frequency conditions are unavailable

at this time. The activation of isolated outer hair cells in the
microchamber has shown the production of electromotile
length changes and an active force at a constant level
throughout the whole acoustic range of frequencies~Frank
et al., 1999!. Simulation of the high-frequency electromotile
response of isolated outer hair cells has confirmed the pro-
duction of significant length changes beyond 20 kHz~To-
lomeo and Steele, 1998!. These results indicate that if the
outer hair cell is provided with sufficient changes in its mem-
brane potential, then the cell is capable of producing the
active force necessary for the cochlear amplifier in a broad
range of frequencies. The conventional view of the changes
in the outer hair cell membrane potential~receptor potential!
relates them to the transduction current coming to the cell as
ionic channels open in response to an inclination of the ste-
reocilia ~Geisler, 1998; Pickles, 1988!. This view leads to a
paradox: the analysis of the basic circuit, including the ste-
reocilia and the cell membrane with their electrical proper-
ties, shows a severe attenuation of the receptor potential at
higher frequencies that would preclude the outer hair cells
from producing the active force~Santos-Sacchi, 1988 and
1992; Housley and Ashmore, 1992!. Mathematically, this at-
tenuation is manifested in the receptor potential tending to
zero with increasing frequencies~Housley and Ashmore,
1992!. In addition, the phase shift~delay! between the trans-
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duction current and receptor potential increases with fre-
quency tending to the angle equal to290 degrees. An alter-
native view of the electric potential that drives outer hair cell
electromotility under physiological conditions was devel-
oped by Dallos and Evans~1995! who assumed that outer
hair cell motility is driven by the prescribed electric gradient
between the cell core and the extracellular environment. The
corresponding analysis showed a significant resulting poten-
tial of the cell membrane.

The major features of the outer cell mechanics and elec-
tromotility fit well the piezoelectric model because dimen-
sional changes in the cell are observed in response to the
application of an electric field~Brownell et al., 1985!, and,
conversely, an electric current is observed in response to the
mechanical deformation of the cell~Gale and Ashmore,
1994!. Although the outer hair cell is structurally far from
piezoelectric crystals, the cell exhibits similar electrome-
chanical coupling. The molecular mechanism of the
piezoelectric-type behavior of the outer hair cell is related to
motor protein Prestin~Zheng, 2000!, voltage sensor~ions of
chloride!, and an interaction between the two~Oliver, 2001!.
The motor protein can be presented as fluctuating between
two states with a probability depending on elementary elec-
trical and mechanical energies~Dallos et al., 1993; Iwasa,
1994!. The direct piezoeffect is associated with a perturba-
tion of the electrical energy that enters the probability of the
motor’s fluctuation. The motor’s fluctuation results in an ef-
fective mechanical response: cell’s length and radius
changes. The converse piezoeffect underlying the phenom-
ena considered in the present paper is associated with a per-
turbation of the mechanical energy that also enters the prob-
ability of the motor’s fluctuation. This fluctuation results in
an effective electrical response and produces a displacement
current.

Mountain and Hubbard~1994! discussed a piezoelectric
model of the outer hair cell function and estimated a number
of characteristics on the basis of electromechanical coupling
in the cell. Steeleet al. ~1993! and Tolomeo and Steele
~1995! have proposed linear piezoelectric constitutive rela-
tionships for the outer hair cell wall. These relationships are
reciprocal in terms of the mechanical and electrical compo-
nents. Donget al. ~2002! have confirmed the reciprocity by
showing that the experimentally determined off-diagonal co-
efficients in linear piezoelectric relationships for the cell as a
whole are close to each other. Spector~2001! has proposed a
thermodynamically consistent mechanically linear and elec-
trically nonlinear model of the cell wall. Spector~2000! has
also analyzed the effect of the piezoelectric properties on the
cell membrane potential under current-clamp conditions.
Weitzel et al. ~2002! have recently modeled the outer hair
cell as a length-thickness extension piezoelectric resonator.

In the present paper, we have shown that much larger
values of the receptor potential than those given by the con-
ventional resistance–capacitance~RC! analysis can be pre-
dicted in the same traditional paradigm~stereocilia
inclination–transduction current–receptor potential! if the
piezoelectric properties of the cell wall are taken into ac-
count. These effective properties are attributed to the whole
composite cell wall that includes the outermost lipid bilayer

with motor-proteins, the intermediate cytoskeleton, and the
innermost subsurface cisternae. In contrast to results of RC
analysis, the receptor potential in our analysis does not tend
to zero but is greater than a certain value throughout the
whole frequency range. The limiting~asymptotic! value of
the receptor potential depends on the ratio of a parameter that
includes the piezoelectric coefficients of the wall and typical
wall strain to cell capacitance. This ratio reaches 0.4 mV in
short cells, and is small~probably, physiologically negli-
gible! in long cells. This finding is consistent with the outer
hair cells’ performance in the cochlear amplifier. The major
result of the paper means that the intrinsic properties of an
individual outer hair cell contribute to the high-frequency
receptor potential. This contribution along with those from
electrical coupling among the cochlear elements is, probably,
sufficient for the active force needed for the cochlear ampli-
fier.

The major results of the present paper were announced
in Spectoret al. ~2002!.

II. MODEL

A. Equivalent circuit and equation in terms of the
receptor potential

The equivalent electric circuit, including the stereocilia
and the cell wall, is shown in Fig. 1. As in conventional RC
analysis~Santos-Sacchi, 1992; Housley and Ashmore, 1992!,
the components of the circuit are characterized by their elec-
trical properties~conductances and capacitances!, and the
sum of their electric potentials is equal to the prescribed
value of the endocochlear potential with respect to the cell
core C. The new component of the circuit is the element
responsible for an additional displacement current, a mani-
festation of the piezoelectric properties of the cell wall.

The linear version of the piezoelectric relationships in
the cell wall has the form~Tolomeo and Steele, 1995; Spec-
tor, 2000!

Nx5C11«x1C12«u1exDCc , ~1!

FIG. 1. Modified electric circuit, including the stereocilia and cell electrical
properties, with an additional elementI pe that represents a displacement
current caused by the piezoelectric properties of the outer hair cell wall;c
refers to the cell ands refers to the stereocilia;Gc andGs are, respectively,
the conductances of the cell and stereocilia,Cc is cell membrane capaci-
tance, andC is the endocochlear potential with respect to the outer hair cell
core.
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Nu5C12«x1C22«u1euDCc , ~2!

dD

dS
52ex«x2eu«u1cDCc , ~3!

where Nx and Nu are the longitudinal and circumferential
components of the resultant,«x and«u are the components of
the strain,C11, C12, and C22 are the orthotropic elastic
moduli, ex andeu are the components of the active force per
unit membrane potential change,DCc is the change in the
membrane potential~receptor potential!, D is electrical dis-
placement,S is the surface area of the cell wall, andc is the
specific capacitance of the cell.

The balance of the currents in the circuit~Fig. 1! can be
written as

GcDCc1
dD

dt
5GsDCs , ~4!

whereGc and Gs are, respectively, the membrane and ste-
reocila conductances, andDCs is the potential change asso-
ciated with the stereocilia. ConductanceGs is a nonlinear
function of the inclination of the stereocilia~Kros, 1996!. We
consider small inclinations of the stereocilia and use a linear
approximation forGs . We assume that the cell is deformed
by two vibrating complexes where one is associated with the
basilar membrane and the Deiter’s cell and the other is asso-
ciated with the reticular lamina and tectorial membrane
~more detailed analysis of the cell deformation is given be-
low!. We also assume that the stereoclia are firmly attached
to the tectorial membrane. These assumptions result in the
equations

«x5«x
o sinvt, «u5«u

o sinvt, Gs5Gs
o1Gs

1 sinvt.
~5!

Considering«x and «u in Eq. ~3! as effective~uniform!
strains, taking into account that the sum ofDCc andDCs is
equal toC, and substituting Eqs.~3! and~5! into Eq. ~4! we
obtain

Cc

dDCc

dt
1~G1Gs

1 sinvt !DCc

5Gs
1C sinvt2bv cosvt, ~6!

whereCc is whole-cell capacitance and

G5Gc1Gs
o , ~7!

b52S~«x
oex1«u

oeu!. ~8!

In Eq. ~6!, the terms resulting in the constant component of
the membrane potential are omitted.

B. Model of the cell deformation in the organ of Corti

In our model of the deformation of an outer hair cell in
the organ of Corti, the cell is deformed by two planes mov-
ing with respect to each other@Fig. 2~a!#. The lower plane
represents the basilar membrane and Deiter’s cell complex,
and the upper plane represents the reticular lamina and tec-
torial membrane complex. The anatomy of the organ of Corti
is such that outer hair cells are inclined in two directions
~Geisler, 1998!: along the cochlea toward the base@Fig. 2~b!#

and across the cochlea toward the inner hair cell@Fig. 2~c!#.
Thus, anglea of the cell’s inclination with respect to the two
planes in our model is a combination of two angles observed
in the organ of Corti. To find the strain in the cell, we rep-
resent the cell by a hollow beam with an incompressible core
inside. The deformation of the beam results from the relative
displacement of its ends. This displacement is equal to the
relative displacementD of the upper and lower planes.
Therefore, the cell~beam! is deformed by two components
of the relative displacement of its ends: one is along the
beam axes (D cosa) and the other is normal to the beam
axes (D sina). The first component causes a uniform axial
strain of the cell accompanied by a circumferential strain that
is two times smaller in magnitude and has the opposite sign.
Such circumferential strain preserves the volume inside the
cylindrical beam. The second, normal to the cell axes, com-
ponent of the relative displacement causes bending of the
beam. We now obtain the bending-related component of the
axial strain in the beam. Since the upper end of the cell is
embedded in the reticular lamina, we assume the fixed-end
boundary condition for the upper end of the beam. The
boundary condition for the lower end of the beam is deter-
mined by the mechanics of contact between the basal end of
the outer hair cell and the supporting Deiter’s cell. Experi-
mental information on this interaction is unavailable at this
time. For that reason, we will estimate the cell deformation
in two extreme cases of the contact between the outer hair
and Deiter’s cell: no-slip contact~the fixed-end condition!
and no-friction contact~the hinge-type condition!. In both
cases, the corresponding axial strain is skew-symmetric with
respect to the beam axes, and it does not change the internal
volume. Therefore the bending mode is not accompanied by
an additional circumferential strain.

At the upper end of the beam, the displacement equal to
D sina and the angle of inclination equal to zero are pre-
scribed. At the lower end of the beam, the displacement
equal to zero and either the angle of inclination or the bend-
ing moment equal to zero are prescribed. Equations~9! and

FIG. 2. Model of the outer hair cell deformation in the organ of Corti:~a!
deformation of an individual outer hair cell as a result of the relative dis-
placementD of two planes to which the cell is attached. The upper plane
represents the reticular lamina and tectorial membrane complex, and the
lower plane represents the basilar membrane and Deiter’s cell complex. The
dashed–dotted line shows the cell in the undeformed state, and the solid line
shows a cylindrical beam that represents the cell in its deformed state. Angle
a characterizes the overall cell’s inclination with respect to the basilar mem-
brane and reticular lamina,~b! sketch showing cell inclination along the
cochlea toward its base, and~c! sketch showing cell inclination across the
cochlea toward the inner hair cell.
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~10! below ~e.g., Popov, 1990! give, respectively, the axial
strain («x

b) in the bent beam that correspond to the first and
second boundary condition at the lower end,

«x
b52y

12D sina~0.5L2x!

L3 , ~9!

«x
b52y

3D sina~L2x!

L3 , ~10!

whereL is the length of the cell~beam!, and coordinatesx
andy specify the plane of bending of the cell~beam! with the
x-axis directed along the cell. Thus, the total axial strain («x)
in the cell~beam! is given~depending on the boundary con-
dition! by one of the following equations:

«x5
D

L Fcosa2y
12~0.5L2x!

L2 sinaG , ~11!

«x5
D

L Fcosa2y
3~L2x!

L2 sinaG . ~12!

In both cases, the circumferential component of the strain is
given by the equation

«u520.5
D

L
cosa. ~13!

III. RESULTS

A. Analytical consideration

In terms of the receptor potential, Eq.~6! can be solved
analytically by using separation of variables; the solution,
however, is expressed in terms of complicated integrals. To
implement this solution, an isolation of the limiting periodic
solution and the following numerical integration are re-
quired. In the next sections, we use the direct numerical in-
tegration of Eq.~6!. Here we treat analytically the case of
short cells by neglecting the termGs

1 sinvt compared to the
termG in Eq. ~6!. For a 20-mm cell, the ratioGs

1/G is about
0.02–0.05~see Sec. III B!. The harmonic solution of the sim-
plified Eq. ~6! takes the form

DCc5
A@ f 1~v!#21@ f 2~v!#2

f 3~v!
, ~14!

where

f 1~v!5Gs
1GC2bv2Cc , ~15!

f 2~v!5v~CcGs
1C1bG!, ~16!

and

f 3~v!5v2Cc
21G2. ~17!

The phase shift between the transduction current and the re-
sulting receptor potential is given by the equation

U52
180 °

p
arctan

f 2~v!

f 1~v!
. ~18!

The asymptotic analysis of Eqs.~14!–~18! gives

DCc→
b

Cc
if v→` ~19!

and

U→0 if v→`. ~20!

If b50, Eq.~6! reduces to the equation describing the tradi-
tional RC circuit. In contrast to Eqs.~19! and ~20!, the tra-
ditional RC consideration results in the equations

DCc→0 if v→` ~21!

and

U→290 ° if v→`. ~22!

B. Parameters used

We consider the effect of the piezoelectric properties on
the receptor potential in long and short cells. We chose the
lengths 20 and 60mm, respectively, to represent these two
types of outer hair cells. Housley and Ashmore~1992! mea-
sured the cell membrane capacitance and conductance and
determined the dependence of these characteristics on the
cell length. On the basis of those data, we use the values
Cc520 pF andGc540 nS for 20-mm cells and the values
Cc536 pF andGc515 nS for 60-mm cells. A similar value
of long-cell ~55.5 mm! capacitance was obtained by Kake-
hata and Santos-Sacchi~1995!. For the endocochlear poten-
tial, we use the rangeC5120– 150 mV~Housley and Ash-
more, 1992!.

The conductance of the stereocilia can be estimated on
the basis of its nonlinear dependence on the stereocilia dis-
placement~Kros, 1996! by using a linear approximation. An
alternative way to estimate conductance of the stereocilia is
via a range of the low-frequency receptor potential. By using
Eqs. ~14!–~17!, the following equation in terms of conduc-
tance of the stereocilia can be obtained:

Gs
1

Gs
11Gc

5
DCc

0

C
. ~23!

The parameterDCc
05DCc(v50) can be interpreted as a

low-frequency receptor potential that has been measured by
several groups. Dallos~1996! estimated the low-frequency
receptor potential corresponding to a low-level acoustic sig-
nal, 40 dB, to be close to 5 mV. Mammano and Ashmore
~1993! obtained comprehensive experimental data on me-
chanical and electrical parameters inside the organ of Corti.
The low-frequency receptor potential estimated on the basis
of the known value of the injected current was found to be
about 2.5 mV. Taking into account these estimates ofDCc

0,
the range of the endocochlear potentialC, and the value of
the conductance of the cell membraneGc , we estimate con-
ductance of the stereocilia as 1–2 nS.

We now discuss the characteristics that enter the equa-
tion for parameterb @Eq. ~8!#. On the basis of measurements
of the reticular lamina and the basilar membrane amplitudes
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~Mammano and Ashmore, 1993!, the corresponding relative
displacement can be estimated to be close to 20 nm. We use
this value as an estimate of the parameterD that character-
izes the relative displacement of two planes and the strain in
the outer hair cell in our model. At this time, experimental
estimates of the outer hair cell’s deformation under high-
frequency conditions are unavailable. However, it has been
shown that for high frequencies, particularly in the area of
the active amplification, displacements of the cochlear parti-
tion become much greater. Therefore, we could expect an
increase in the strain of outer hair cells situated in a confined
space between the partitions. There is also independent evi-
dence that the active component of the strain does not de-
crease significantly up to high frequencies. Franket al.
~1999! have shown that the active force that can be consid-
ered approximately proportional to the active strain stays al-
most constant within a broad range of frequencies. Thus, our
value of the strain obtained on the basis of Mammano and
Ashmore’s~1993! measurements can be considered a conser-
vative estimate.

Spectoret al. ~1999! and Spector~2001! obtained the
piezoelectric coefficientsex andeu in the form of functions
of the cell stiffness parameter. Differences in the stiffness of
the cell were the major source of the variability~see data
from several groups below! of the estimates of the active
force per unit transmembrane potential. By having the de-
pendence of the piezoelectric coefficientsex and eu on the
cell stiffness, we were able to compare more accurately our
estimates with those from other groups.

The stiffness parameter introduced by Spectoret al.
~1999! is inversely proportional to the length of the cell. We
use the dependence of the piezoelectric coefficients on the
cell stiffness parameter to estimate these coefficients for cells
of different lengths. The coefficientex does not change sig-
nificantly between the length 20 and 60mm. Thus we use the
value ex5531023 NV21 m21 in both cases. This value
falls within a range of the data obtained by several groups.
The estimates of the parameterex made by Xueet al. ~1993!,
Iwasa and Adachi~1997!, Hallworth ~1997!, and Tolomeo
and Steele~1998! are, respectively, 6.431023, 431023, 2
31023, and 1.631023 NV21 m21. The piezoelectric coef-
ficients also enter the parameterb via combination ex

20.5eu that appears as a result of the substitution of the
circumferential strain@Eq. ~13!# into parameterb. This com-
bination changes very significantly between the lengths 20
and 60mm. By using the data of Spectoret al. ~1999! we
estimate the discussed combinations of the piezoelectric co-
efficients as 431023 and 0.331023 NV21 m21, respec-
tively, in the cases of 20 and 60mm lengths of the cell. The
angle of the cell’s inclinationa affects the strain in the cell
membrane. As we mentioned before, this angle is a combi-
nation of two angles of inclination of the outer hair cell,
along and across the cochlea. The first angle is about the
same for short and long cells~Geisler, 1998!. The second
angle changes strongly along the cochlea decreasing toward
short cells ~Geisler, 1998!. We use the values 25 and 45
degrees of anglea, respectively, in our consideration of short
and long cells.

C. Numerical results

Below we present the data on the amplitude and phase
shift of the outer hair cell’s membrane receptor potential for
short ~20 mm! and long~60 mm! cells. In the analytical so-
lution above, we neglected the time-dependent term in front
of DCc in Eq. ~6!. For longer cells, this term becomes more
significant~the ratiosGs

1/G are equal, respectively, to 0.05,
0.13, and 7.1 for cells of 20-, 60-, and 85-mm lengths! and
here we use the direct integration of Eq.~6!. For any initial
conditions the transient part of the numerical solution was
oscillatory with the amplitude changing with time. After a
certain number of cycles~oscillations! the solutions stabi-
lized and reached a limiting periodic solution. In the case of
20-mm cells, the numerical limiting periodic solution did not
differ more than 6%–7% from the purely sinusoidal solution
predicted by the analytical treatment above. In the case of
longer cells~especially, 80-mm cells! the limiting periodic
solutions looked like distorted sinusoidal functions asymmet-
ric with respect to the time axis because of a dc shift. The
numerical results presented below are based on the limiting
periodic components of the solutions of Eq.~6!. This equa-
tion was integrated by using software Mathematica, and in
all cases the initial condition wasDCc

050. We discuss first
the results for short, 20-mm cells. To demonstrate the effect
of the piezoelectric properties more explicitly, we represent
the frequency dependence in two ranges of frequency: from
1 to 4 kHz and from 10 to 40 kHz. We discussed above the
parametersGs

1 andC that determine the initial value of the
receptor potentialDCc

0. To reflect the variation of these two
parameters, we present two sets of curves corresponding to
combinations ofGs

1 and C that result in the valuesDCc
0

52.5 mV and DCc
055.6 mV. Taking into account the

ranges of the relative displacement of two planes in our
model of the cell deformation, the strain in the cell wall, the
angle of the cell’s inclination, and the piezoelectric coeffi-
cients, we present the curves for three values of the param-
eter b: 4310215, 5310215, and 7310215 NmV21. For
comparison, we also include the curves forb50, the case
that corresponds to the conventional RC analysis.

Figures 3~a! and~b! show the variation of the amplitude
of the receptor potential for the frequencies within ranges
1–4 and 10–40 kHz, respectively. Figure 3~c! shows the
amplitudes of the receptor potential throughout the whole
frequency range in the log/log scale. The initial value of the
receptor potential is 2.5 mV in all three cases. Four curves in
each figure correspond to the values of the parameterb equal
to 0, 4310215, 5310215, and 7310215 NmV21. Figures
4~a! and ~b! show similar sets of graphs in the case of
DCc

055.6 mV. In Figs. 5~a! and~b!, the phase shift between
the receptor potential and the transduction current is plotted.
The sets of curves in Figs. 5~a! and ~b! correspond to the
casesDCc

052.5 mV andDCc
055.6 mV, respectively.

We also present the results for longer, 60-mm, cells. Fig-
ures 6~a! and~b! show the variation of the receptor potential
in the frequency range 10–40 kHz for the casesDCc

0

52.5 mV andDCc
055.6 mV, respectively. If we assume the

same relative displacement of two planes and take into ac-
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count the corresponding piezoelectric coefficients, then the
values of the parameterb used above in the case of short
cells reduce, respectively, to 0.7310215, 0.8310215, and
1.1310215 NmV21 in the case of long cells. In Figs. 6~a!
and~b!, the curves for this set ofb are presented. The curves
that correspond tob50 are also included.

IV. DISCUSSION

The main result of the present study is that the outer hair
cells in the basal part of the cochlea are under the action of a

much greater electromotility-driving receptor potential than
it was previously thought on the basis of the RC-type analy-
sis. This new estimate of the receptor potential is obtained by
taking into account intrinsic piezoelectric properties of the
cell under the traditional paradigm in which inclination of
the stereocilia causes the transduction current and this cur-
rent results in a receptor potential. The piezoelectric proper-
ties result in an additional displacement current that balances
the severe attenuation of the high-frequency receptor poten-
tial caused by the capacitive properties of the cell wall.

The found values of the receptor potential in short cells
are six to ten times greater~depending on the parameterb!
than those obtained without consideration of the piezoelec-
tric properties for frequencies above 30 kHz@Figs. 3~b! and
4~b!#. Such potential coincides with the result of the RC
analysis. The piezoelectric wall has a qualitatively new be-
havior under high-frequency conditions: the receptor poten-
tial is greater than a certain value throughout the whole fre-
quency range. This value is equal to the ratio of the
composite piezoelectric parameterb @Eq. ~8!# to the capaci-
tance of the cell. The asymptotic value of the receptor poten-
tial is independent of its low-frequency valueDCc

0. Because
of this property the ratios of the newly estimated receptor
potential to that obtained from the RC analysis in the cases in
Figs. 3~b! and 4~b! are close to each other.

FIG. 3. The amplitude of the receptor potential in short~20 mm! cells versus
frequency in~a! low-frequency range 1–4 kHz,~b! high-frequency range
10–40 kHz, and~c! whole-frequency range presented in the log/log scale.
Three upper curves in each figure correspond to different values of the
parameterb ~NmV21! that specifies the piezoelectric properties of the cell
membrane. The lower curve forb50 corresponds to the conventional RC
analysis. The low-frequency value of the receptor potentialDCc

0 is 2.5 mV.

FIG. 4. The amplitude of the receptor potential in short~20 mm! cells versus
frequency in~a! low-frequency range 1–4 kHz and~b! high-frequency range
10–40 kHz. Three upper curves correspond to different values of the pa-
rameterb ~NmV21! that specifies the piezoelectric properties of the cell
membrane. The lower curve forb50 corresponds to the conventional RC
analysis. The low-frequency value of the receptor potentialDCc

0 is 5.6 mV.
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Our analysis shows that high-frequency receptor poten-
tials are determined by two displacement currents: capacitive
and piezoelectric-type. The transduction current proportional
to the endocochlear potential plays a smaller role in the es-
tablishing of the high-frequency receptor potential. However,
the importance of the endocochlear potential becomes clear
if we consider the machinery of electromotility as a whole.
One argument for that is related to the balance of chloride
ions. Oliveret al. ~2001! have recently shown that the mov-
ing charges that trigger the motor’s response are chloride
ions. The balance of these ions is maintained via chloride
channels located along the lateral wall~Rybalchenko and
Santos-Sacchi, 2002!. The endocochlear potential provides a
potential gradient necessary for transport of chloride ions.
The balance of ions of potassium is also important. Although
in our model parameterb is mostly associated with chloride
ions, the resulting changes in the endocochlear potential
open voltage-gated potassium channels at the bottom of the
cell ~Housley and Ashmore, 1992; Mammano and Ashmore,
1996!. The balance of potassium ions is provided by trans-
duction channels located in the stereocilia bundle, and those
channels are governed by the endocochlear potential. Thus,
our model is consistent with the endocochlear potential being

a necessary component of ionic balance~transport! and a
contributor to the active force and energy produced by elec-
tromotile outer hair cells.

When the frequencies are low, the effect of the piezo-
electric properties is small@Figs. 3~a! and 4~a!#. In the case
of Fig. 4~a! (DCc

055.6 mV), the difference between the
present analysis and the RC consideration is below 25%
throughout the whole range of frequencies 1–4 kHz. In the
case of Fig. 3~a! (DCc

052.5 mV), the difference is more
visible and reaches 1.4–2 times depending on the value ofb.
Nevertheless, in both cases the effect of the piezoelectric
properties on the receptor potential is much smaller than that
in the case of high frequencies.

The frequency response in the proposed model still ex-
hibits a roll-off, as in the RC analysis. The high-frequency
asymptotic value of the receptor potential is 7–10 and 9–16
times smaller than its initial value in the casesDCc

0

52.5 mV andDCc
055.6 mV, respectively. Because the pi-

ezoelectric properties do not produce a significant effect be-
low several kilohertz, the corner frequencies in our model are
close to those determined by the RC analysis both in short
and long cells. However, the roll-off in our model of the
outer hair cell membrane is much less severe than that pre-

FIG. 5. The phase shift between the receptor potential and transduction
current in short~20 mm! cells versus frequency in a high-frequency range
20–40 kHz. The low-frequency values of the receptor potentialDCc

0 are~a!
2.5 mV and~b! 5.6 mV. Three upper curves in each figure correspond to
different values of the parameterb ~NmV21! that specifies the piezoelectric
properties of the cell wall. The lower curve forb50 corresponds to the
conventional RC analysis.

FIG. 6. The amplitude of the receptor potential in long~60 mm! cells versus
frequency in the high-frequency range 10–40 kHz. The low-frequency val-
ues of the receptor potentialDCc

0 are ~a! 2.5 mV and~b! 5.6 mV. Three
upper curves in each figure correspond to different values of the parameterb
~NmV21! that specifies the piezoelectric properties of the cell wall. The
values of the parameterb were calculated by using the piezoelectric coeffi-
cients that correspond to long cells; the rest of the parameters were the same
as in Figs. 3–5. The lower curve forb50 corresponds to the conventional
RC analysis.
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dicted by the RC analysis: the estimated ratios of the high-
frequency potential to its low-frequency value is about an
order of magnitude greater than the result of the RC analysis.

According to the mathematical analysis of the problem
presented above, the phase shift between the transduction
current and receptor potential tends to zero when the fre-
quency tends to infinity. Figures 5~a! and~b! show the phase
shift in short cells within a realistic high frequency range,
20–40 kHz. This phase shift indicates a small lead of the
receptor potential: the corresponding angle is between 6 and
10 degrees in the case of Fig. 5~a! and it is between 15 and
25 degrees in the case of Fig. 5~b!. This differs completely
from the caseb50 where the piezoelectric properties are
disregarded and the phase shift is practically constant and
equal to 290 degrees. The phase shift between the input
transduction current and the output active force produced by
outer hair cells is a characteristic of the effectiveness of the
machinery of electromotility. This phase shift is an important
parameter of models of the whole cochlea. For example,
Chadwick ~1996! and Geisler and Sang~1995! assume this
phase shift~phase shift between the deflection of the stereo-
cilia and the active force! to be equal to zero, but Fukuzawa
~1997! uses the value290 degrees referring to the effect of
the cell’s membrane capacitance predicted by the RC analy-
sis. The phase shift between the transduction current and the
active force can be represented by the sum of two compo-
nents. The first is the phase shift between the transduction
current and the receptor potential, and the second is the
phase shift between the receptor potential and the active
force. Experimental information on either of these compo-
nents under high-frequencyin vivo conditions is unavailable
at this time. Franket al. ~1999! have demonstratedin vitro
that the second of these angles is small up to high frequen-
cies@in Franket al.’s ~1999! notations, that angle is close to
180 degrees#. Thus, in combination with Franket al.’s
~1999! data, our result on the phase shift between the trans-
duction current and the receptor potential supports the mod-
els of the cochlea with zero phase shifts between the deflec-
tion of the sterocilia and the produced active force.

The results for long, 60-mm, cells are presented in Figs.
6~a! and ~b!. Qualitatively, the behavior of the receptor po-
tential is similar to that in the case of short cells: the poten-
tial has a lower limit when frequencies increase. Because of
the length dependence of the piezoelectric properties, the
high-frequency values of the receptor potential are about six
to seven times smaller than those for short cells under the
conditions of the same relative displacements of two co-
chlear complexes. The high-frequency values of the receptor
potential in long cells are about 0.05 mV and are, probably,
physiologically insignificant. The main results presented in
Figs. 3–5 are briefly summarized in Table I. The table indi-
cates that the effect of the piezoelectric properties of the

membrane is strong when short cells are under high-
frequency stimulation. This effect is weak in short cells
stimulated by a low-frequency signal as well as in long cells
throughout the whole frequency range. This finding is con-
sistent with observations of the cochlear amplifier in the
basal and apical parts of the cochlea stimulated by high- and
low-frequency signals.

We use the inhomogeneous axial strain~11! and~12! for
an estimate of the constant receptor potential of the outer
hair cell wall. The piezoelectric model of the present paper
describes the electromechanical coupling in an element of
the cell wall. Thus, a more accurate analysis of the 3-D dis-
tribution of the strain in the cell wall can be used for esti-
mates of electrical gradients along and around the cell. This
might be important for a better understanding of transport
~diffusion! of ions involved in the mechanism of electromo-
tility.

The model and findings of the present paper are sup-
ported by a number of experimental observations. First, the
piezoelectric model reflects electromechanical coupling in
the cell wall where active strains~dimensional changes! are
generated in response to the application of an electric field
and, conversely, an electric current is generated in response
to the application of a strain~strain rate! to the cell. There is
also a molecular-level interpretation of these properties that
is based on the identified molecular motor and its voltage
sensor. Second, the piezoelectric parameterb, the key char-
acteristic that in our model determines the high-frequency
receptor potentials, is a combination of the derivatives of the
active force with respect to the receptor potential and the
strain in the cell wall. Despite some differences in measure-
ments of the active force production per unit transmembrane
potential there is a reasonable range for this characteristic
that we used in this study. Also, the strain level was esti-
mated on the basis of the displacements of the basilar mem-
brane and tectorial membrane measuredin situ. Third, the
electrical properties of the stereocilia and the cell wall enter-
ing the major circuit equation were experimentally deter-
mined for cells of different lengths.

The supporting experimental facts mentioned above do
not provide a more direct test of the main prediction of the
paper that the piezoelectric properties of the cell wall in-
crease the receptor potential driving outer hair cell electro-
motility. Thus, it is important to suggest a doable experiment
that could confirm our prediction. Such an experiment could
be an analysis of the high-frequency performance of outer
hair cells under different level of strain~He, 2002!. The level
of strain can be regulated by loading~unloading! the cell.
The strain variation cause changes in the piezoelectric pa-
rameterb that, in turn, changes the high-frequency receptor
potential. The level of loading should leave the strain small
enough to correspond to a low~moderate! level of the acous-
tic signal.

The model proposed in the paper shows that an indi-
vidual outer hair cell is capable of producing a significant
receptor potential through the traditionally viewed mecha-
nism that includes inclination of the sterocilia, transduction
current, and receptor potential. The piezoelectricity-related
contribution of an individual outer hair cell, along with those

TABLE I. The effect of the piezoelectric properties of the cell wall on outer
hair cells in the cochlea for different frequency ranges of the acoustic signal

High frequencies Low frequencies

Short cells strong weak
Long cells weak weak
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related to the cochlear electrical environment, could result in
high-frequency receptor potentials sufficient for the produc-
tion of the active force driving the cochlear amplifier.

ACKNOWLEDGMENTS

The authors thank Dr. George Zweig and Dr. David He
for valuable discussions of experimental testing of the results
of the paper. This work was supported by research grants
DC02775 and DC00354 from the National Institute of Deaf-
ness and other Communication Disorders~NIH!.

Brownell, W. E., Bader, C. R., Bertrand, D., and de Ribaupierre, Y.~1985!.
‘‘Evoked mechanical responses of isolated cochlear outer hair cell,’’ Sci-
ence227, 194–196.

Brownell, W. E., Spector, A. A., Raphael, R. M., and Popel, A. S.~2001!.
‘‘Micro- and Nanomechanics of the Cochlear Outer Hair Cell,’’ Annu.
Rev. Biomed. Eng.3, 169–194.

Chadwick, R. S.~1996!. ‘‘Compression, gain, and nonlinear distortion in an
active cochlear model with subpartitions,’’ Proc. Natl. Acad. Sci. U.S.A.
95, 14594–14599.

Cooper, N. P., and Rhode, W. S.~1992!. ‘‘Basilar membrane mechanics in
the hook region of cat and guinea-pig cochleae: Sharp tuning and nonlin-
earity in the absence of baseline position shifts,’’ Hear. Res.63, 163–190.

Cooper, N. P., and Rhode, W. S.~1995!. ‘‘Nonlinear mechanics at the apex
of the guinea-pig cochlea,’’ Hear. Res.82, 225–243.

Dallos, P. ~1996!. ‘‘Overview: Cochlear Neurobiology,’’ inThe Cochlea,
edited by P. Dallos, A. N. Popper, and R. R. Fay~Springer, New York!, pp.
1–43.

Dallos, P., and Evans, B. N.~1995!. ‘‘High-frequency motility of outer hair
cells and the cochlear amplifier,’’ Science267, 2006–2009.

Dallos, P., Hallworth, R., and Evans, B. N.~1993!. ‘‘Theory of electrically
driven shape changes of cochlear outer hair cells,’’ J. Neurophysiol.70,
299–323.

Dong, X-x., Ospeck, M., and Iwasa, K. H.~2002!. ‘‘Piezoelectric reciprocal
relationships of the membrane motor in the cochlear outer hair cell,’’ Bio-
phys. J.82, 1254–1259.

Frank, G., Hemmer, W., and Gummer, A. W.~1999!. ‘‘Limiting dynamics of
high-frequency electromechanical transduction of outer hair cells,’’ Proc.
Natl. Acad. Sci. U.S.A.96, 4420–4425.

Fuzukawa, T.~1997!. ‘‘A model of cochlear micromechanics,’’ Hear. Res.
113, 182–190.

Gale, J. E., and Ashmore, J. F.~1994!. ‘‘Charge displacement induced by
rapid stretch in the basolateral membrane of the guinea-pig outer hair
cell,’’ Proc. R. Soc. London, Ser. B255, 243–249.

Geisler, C. D.~1998!. From Sound to Synapse~Oxford U. P., New York!.
Geisler, C. D., and Sang, C.~1995!. ‘‘A cochlear model using feed-forward

outer-hair-cell forces,’’ Hear. Res.86, 132–146.
Hallworth, R. ~1997!. ‘‘Modulation of OHC force generation and stiffness

by agents known to affect hearing,’’ inDiversity in Auditory Mechanics,
edited by E. R. Lewis, G. R. Long, R. F. Lyon, P. M. Narins, C. R. Steele,
and E. Hecht-Poinar~World Scientific, Singapore!, pp. 524–530.

He, D. Z.-Z. ~2002!. Personal communication.
Hemmert, W., Zenner, H.-P., and Gummer, A. W.~2000!. ‘‘Characteristics of

the traveling wave in the low-frequency region of a temporal-bone prepa-
ration of the guinea-pig cochlea,’’ Hear. Res.142, 184–202.

Housley, G. D., and Ashmore, J. F.~1992!. ‘‘Ionic currents of outer hair cells
isolated from guinea-pig cochlea,’’ J. Physiol.~London! 448, 73–98.

Iwasa, K. H.~1994!. ‘‘A membrane motor model for the fast motility of the
outer hair cell,’’ J. Acoust. Soc. Am.96, 2216–2224.

Iwasa, K. H., and Adachi, M.~1997!. ‘‘Force generation in the outer hair cell
in the cochlea,’’ Biophys. J.73, 546–555.

Kakehata, S., and Santos-Sacchi, J.~1995!. ‘‘Membrane tension directly
shifts voltage dependence of outer hair cell motility and associated gating
charge,’’ Biophys. J.68, 2190–2197.

Kros, C. J.~1996!. ‘‘Physiology of Mammalian Cochlear Hair Cells,’’ inThe

Cochlea, edited by P. Dallos, A. N. Popper, and R. R. Fay~Springer, New
York!, pp. 318–385.

Mammano, F., and Ashmore, J. F.~1993!. ‘‘Reverse transduction measured
in the isolated cochlea by laser Mickelson interferometry,’’ Nature~Lon-
don! 365, 838–841.

Mammano, F., and Ashmore, J. F.~1996!. ‘‘Differential expression of outer
hair cell potassium currents in the isolated cochlea of the guinea-pig,’’ J.
Physiol.~London! 496, 639–646.

Mountain, D. C., and Hubbard, A. E.~1994!. ‘‘A piezoelectric model of
outer hair cell function,’’ J. Acoust. Soc. Am.95, 350–354.

Oliver, D., He, D. Z-Z., Klocker, N., Ludwig, J., Schulte, U., Waldegger, S.,
Ruppersberg, J. P., Dallos, P., and Fakler, B.~2001!. ‘‘Intracellular anions
as the voltage-sensor of Prestin, the outer hair cell motor protein,’’ Science
292, 2340–2343.

Pickles, J. O.~1988!. An Introduction to the Physiology of Hearing,2nd ed.
~Academic, London!.

Popov, E. P.~1990!. Engineering Mechanics of Solids~Prentice–Hall,
Englewood Cliffs, NJ!.

Rhode, W. S.~1971!. ‘‘Observations of the vibration of the basilar mem-
brane in the squirrel monkey using the Mo¨ssbauer technique,’’ J. Acoust.
Soc. Am.49, 1218–1231.

Ruggero, M. A.~1992!. ‘‘Responses to sound of the basilar membrane of the
mammalian cochlea,’’ Curr. Opin. Neurobiol.2, 449–456.

Rybalchenko, V., and Santos-Sacchi, J.~2002!. ‘‘An unusual Cl2 conduc-
tance in isolated guinea-pig outer hair cells,’’ inAbstracts of the 29th
Meeting of ARO, January, 2002, St. Petersburg Beach, FL, p. 165.

Santos-Sacchi, T.~1988!. ‘‘Cochlear Physiology,’’ inPhysiology of the Ear,
edited by A. F. Jahn and J. Santos-Sacchi~Raven Press, New York!, pp.
271–293.

Santos-Sacchi, J.~1992!. ‘‘On the frequency limit and phase of outer hair
cell motility: effects of the membrane filter,’’ J. Neurosci.12, 1906–1916.

Spector, A. A.~2000!. ‘‘On the mechanoelectrical coupling in the cochlear
outer hair cell,’’ J. Acoust. Soc. Am.107, 1435–1441.

Spector, A. A.~2001!. ‘‘A nonlinear electroelastic model of the auditory
outer hair cell,’’ Int. J. Solids Struct.38, 2115–2129.

Spector, A. A., Brownell, W. E., and Popel, A. S.~1999!. ‘‘Nonlinear active
force generation by cochlear outer hair cell,’’ J. Acoust. Soc. Am.105,
2414–2420.

Spector, A. A., Brownell, W. E., and Popel, A. S.~2002!. ‘‘Effect of the
membrane piezoelectric properties on the outer hair cell receptor potential
under high-frequency conditions,’’ inAbstracts of the 29th Meeting of
ARO, January, 2002, St. Petersburg Beach, FL, p. 255.

Steele, C. R., Baker, G., Tolomeo, J. A., and Zetes, D.~1993!. ‘‘Electrome-
chanical models of outer hair cell,’’inBiophysics of Hair Cell Sensory
Systems, edited by H. Duifhuis, J. W. Horst, P. van Dijk, and S. M. van
Netten~World Scientific, Singapore!, pp. 207–214.

Tolomeo, J. A., and Steele, C. R.~1995!. ‘‘Orthotropic piezoelectric proper-
ties of cochlear outer hair cell wall,’’ J. Acoust. Soc. Am.97, 3006–3011.

Tolomeo, J. A., and Steele, C. D.~1998!. ‘‘A dynamic model of outer hair
cell motility including intracellular and extracellular viscosity,’’ J. Acoust.
Soc. Am.103, 524–534.

Xue, S., Mountain, D. C., and Hubbard, A. E.~1993!. ‘‘Direct measurements
of electrically-evoked basilar membrane motion,’’ inBiophysics of Hair
Cell Sensory Systems, edited by H. Duinfuis, J. W. Horst, P. van Dijk, and
S. M. van Netten~World Scientific, Singapore!, pp. 361–368.

Weitzel, E. K., Tasker, R., and Brownell, W. E.~2002!. ‘‘Influence of recip-
rocal electromechanical transduction on outer hair cell admittance,’’~sub-
mitted!.

Zinn, C., Maier, H., Zenner, H.-P., and Gummer, A. W.~2000!. ‘‘Evidence
for active, nonlinear, negative feedback in the vibration response of the
apical region of thein-vivo guinea-pig cochlea,’’ Hear. Res.142, 159–183.

Zheng, J., Shen, W., He, D. Z-Z., Long, K. B., Madison, L. D., and Dallos,
P. ~2000!. ‘‘Prestin is the motor protein of cochlear outer hair cell,’’ Nature
~London! 405, 149–155.

Zweig, G., Lipes, R., and Pierce, J. R.~1976!. ‘‘The cochlear compromise,’’
J. Acoust. Soc. Am.59, 975–982.

Zwislocki, J. J.~1953!. ‘‘Review of recent mechanical theories of cochlear
dynamics,’’ J. Acoust. Soc. Am.25, 743–751.

461J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Spector et al.: Outer hair cell piezoelectric properties



Effect of amplitude modulation coherence for masked speech
signals filtered into narrow bands
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Introduction of masker amplitude modulation~AM ! can improve signal detection in a number of
paradigms. In some cases this advantage depends on the coherence of modulation across a relatively
wide frequency range. In the experiments described below, observers were asked to identify masked
spondee words produced by a single male talker. The target spondees and masking noise were
filtered into nine narrow bands, and the coherence of AM of either the speech signal or noise masker
was manipulated. Inherent modulation of the masker bands was manipulated via assignment of real
and imaginary values to the associated components of each band in the frequency domain, and AM
of speech bands was achieved via multiplication with envelopes extracted from these maskers.
Responses were based on two alternatives, four alternatives, or open response sets. The effect of
masker AM coherence was highly dependent upon the size of the response set: coherent AM was
associated with better thresholds in a two-alternative response set, but poorer thresholds in an open
response set. Results with AM speech did not depend critically upon the across-frequency temporal
synchrony of AM imposed on the speech material. ©2003 Acoustical Society of America.
@DOI: 10.1121/1.1528927#

PACS numbers: 43.66.Dc, 43.66.Mk, 43.72.Dv@MRL#

I. INTRODUCTION

At high signal-to-noise ratios there are multiple redun-
dant cues present across frequency that indicate the identity
of a speech sample. One example of this is demonstrated by
Shannonet al. ~1995!. In that study, speech was filtered into
bands, and the envelope of each band was extracted. Bands
of Gaussian noise in the same frequency regions as the origi-
nal speech bands were then multiplied by these envelopes, a
manipulation that reduces spectral resolution as well as
eliminating temporal fine-structure cues present in the speech
signal. Speech recognition under these conditions can be
quite good for as few as four or five bands. Another example
of the resiliency of the speech signal uses time reversal of
brief segments of the speech signal~Saberi and Perrott,
1999!. Further, under some listening conditions, such as
near-threshold speech in the presence of multiple back-
ground talkers, the multiple redundant cues to the identity of
the speech sample may not all be audible for any given ep-
och. These observations are often interpreted as demonstrat-
ing that minimal cues are sufficient for processing a de-
graded speech signal.

One example of the resiliency of speech processing is
the improvement in masked speech identification threshold
when the masker is amplitude modulated~AM !. This im-
provement has been argued to be based on the introduction
of brief epochs of improved signal-to-noise ratio, coinciding
with masker modulation minima, during which time advan-
tageous speech cues are present~Miller and Licklider, 1950;
Gustafsson and Arlinger, 1994!. Despite the fact that these
epochs of minimally masked speech segments are distributed

over time, providing only sporadic cues, the auditory system
is quite good at piecing together these cues into an interpret-
able speech sample. It is not clear, however, what role tem-
poral coincidence of these ‘‘glimpses’’ across frequency
plays in this result.

Some aspects of the improved intelligibility of a speech
signal associated with masker AM resemble comodulation
masking release~CMR!, a paradigm in which the detection
threshold of a pure tone is lower in the presence of a coher-
ently rather than randomly modulating masker~e.g., Hall
et al., 1984!. If these phenomena are based on the same un-
derlying processing, then the coherence of masker AM
would be a necessary precondition of improved performance
for speech identification with masker AM. In other words,
the coincidence of ‘‘glimpses’’ would be of great importance.
On the other hand, if the detection advantage conferred by
AM in a masked speech paradigm is driven solely by the
epochs of improved signal-to-noise ratio in the redundant
speech signal, then coincidence of ‘‘glimpses’’ might not be
necessary to support that detection advantage. From a purely
informational perspective it is plausible that asynchronous
‘‘glimpses’’ might provide information absent in the case of
coherent masker AM. For example, speech sounds that are
redundant across frequency, as in the case of /#/, could be
efficiently detected based on ‘‘glimpses’’ in a small number
of channels, with additional glimpses in other channels pro-
viding no new information. In that case, a distribution of
‘‘glimpses’’ across different frequency regions over time
would provide information about an ongoing speech stream,
and clustering of ‘‘glimpses’’ would only serve to provide
redundant information at particular epochs.

Howard-Jones and Rosen~1993! report some data rel-
evant to the role of masker modulation coherence and dis-a!Electronic mail: ebuss@med.unc.edu
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cuss their results in terms of coincidence of ‘‘glimpses’’ of
speech during masker modulation minima. Their data pro-
vide some evidence that noncoincident ‘‘glimpses’’ can be
integrated across frequency under some circumstances. In
that paradigm maskers were filtered into contiguous bands
and amplitude modulated via multiplication with a 50% duty
cycle raised square wave, with neighboring bands modulated
either in phase or 180 degrees out of phase. Results of a
consonant identification task in the out-of-phase condition
with two or more bands was interpreted as reflecting integra-
tion if sensitivity exceeded that associated either subset of
coherently modulated bands. Integration was observed only
when masker bandwidth was relatively wide; that is, with a
small number of bands. Howard-Jones and Rosen’s results
could have been influenced by several factors other than the
ability to integrate speech cues across frequency and across
asynchronous ‘‘glimpses,’’ such as upward spread of mask-
ing across abutting bands of masking noise. However, these
results do suggest that the auditory system has at least a
limited ability to perform this type of integration.

The experiment described below was carried out to fur-
ther explore whether coincidence of ‘‘glimpses’’ of speech
information across frequency is a necessary prerequisite for
obtaining the AM advantage in speech identification, or
whether subsets of noncoincident cues at different frequen-
cies can also provide this advantage. Thresholds were ob-
tained in conditions with the AM of either the masker or the
speech signal manipulated to be either coherent or random
across frequency. While the methods used here roughly par-
allel those used in the CMR paradigm, there are several fac-
tors that would lead to an expectation of a smaller effect than
that typically observed in CMR. Most CMR experiments, for
example, have utilized spectrally narrow signals, and while a
CMR effect has been demonstrated with spectrally complex
signals, it is smaller than that obtained with narrow stimuli
~e.g., Hall et al., 1988!. Several studies have shown that
CMR is larger for simple detection than for discrimination.
Using simple psychophysical stimuli, CMR has been shown
to be larger for detection of a pure tone than for discrimina-
tion of a change in the amplitude~Hall and Grose, 1995! or
frequency~Hall et al., 1997! of that pure tone. Similar pat-
terns have been observed with speech stimuli. Grose and
Hall ~1992! argued that the advantage conferred by AM co-
herence is evident at the low signal-to-noise ratios required
for simple speech detection, but that CMR is either greatly
reduced or absent at the higher signal levels necessary to
support recognition. Similarly, Kwon and Turner~2001! re-
ported that there was an advantage associated with masker
AM coherence for masked consonant identification, but that
this advantage was reduced or lost when the target conso-
nants were spectrally degraded; this effect was interpreted as
reflecting a greater masking release under conditions of re-
dundant signal information.

These results have been interpreted as demonstrating
that the coherence advantage is larger for tasks that rely on
very minimal information about the signal than for tasks that
rely on more detailed information about the signal. In the
present study, data were collected with several different re-
sponse sets, including two-alternative, four-alternative, and

open response set, to see whether there are similar effects of
cue complexity for the masker AM coherence advantage
with speech identification. The rationale was that a correct
response in a spondee identification task given a very small
response set might require a very small number of cues~suf-
ficient to identify a single phoneme!, while correct identifi-
cation from an open set would require more cue complexity
~sufficient to identify the majority of phonemes!. If the ad-
vantage conferred by AM coherence is based on some of the
same processing as underlies CMR, then this effect should
diminish with increases in response set size.

II. METHODS

A. Observers

Observers were 45 adults, 36 females and 9 males, rang-
ing in age from 19 to 55. All had pure-tone thresholds 15 dB
HL or better at octave frequencies between 250 and 8000 Hz.
None of these observers had previously participated in any
experiments utilizing speech stimuli, though some had expe-
rience in nonspeech psychoacoustic tasks. Each observer was
randomly assigned to complete either the two-alternative,
four-alternative, or open response set conditions.

B. Stimuli

Target stimuli were spondees filtered into nine narrow
bands. In the masker AM conditions the masker was com-
prised of nine bands of Gaussian noise at these same fre-
quencies. In the signal AM conditions the masker was a
single band of Gaussian noise low-pass filtered at 5 kHz.
Stimulus generation for nine-band stimuli, both signal and
masker, was performed prior to the experiment using
MATLAB, and the resulting files were saved to disk. Filter-
ing was achieved by convolution with a 512-tap array, with a
single point in the frequency domain defining each band. The
center frequencies of the bands used in this experiment were
selected based on simulated excitation patterns generated fol-
lowing the procedures described in Glasberg and Moore
~1990!. This method, described below, was adopted in order
to ensure that the cues present at each frequency were pri-
marily driven by stimulus energy at that frequency~i.e.,
‘‘within channel’’!. The lowest frequency band was 159 Hz,
and the excitation pattern for a band at this center frequency
was calculated. Excitation patterns were then estimated for
increasing masker band center frequencies, assuming a flat
spectrum input noise. This continued in the smallest steps
allowed by the filtering method~12.5 kHz/512 taps, or 24.4
Hz! until an excitation pattern was obtained such that the
signal-to-noise ratio in the presence of other~lower fre-
quency! masker bands was 30 dB or greater at the center
frequency of that additional band. Based on this technique,
center frequencies of 159, 305, 500, 745, 1062, 1477, 2014,
2722, and 3674 Hz were chosen. Results of a FFT of the
summed impulse response of all bandpass filters can be seen
in Fig. 1.

For the speech AM conditions the masker was a low-
pass Gaussian noise. For the masker AM conditions, how-
ever, maskers were bandpass filtered. Maskers submitted to
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this filtering were Gaussian noise samples generated indi-
vidually in the frequency domain. A set of nine coherently
AM bands was generated as follows: an array of 213 real and
imaginary values were drawn from a Gaussian distribution,
and this array served as the basis for band 1. The array was
then duplicated, and the sample values were shifted up in
frequency by the number of points separating bands 1 and 2.
Arrays for bands 3–9 were generated in the same way. An
inverse FFT performed on each of the arrays yielded a set of
nine Gaussian noise samples for which, when filtered via the
512 tap convolution, all bands had identical envelopes and
different center frequencies. All masker bands were of equal
amplitude and so did not have the same relative long-term
power spectra as that of the speech. A set of 40 such maskers
was generated and saved to disk. The Hilbert envelope of
each set of maskers was computed and saved to disk at this
point as well. For the coherent AM conditions, all bands
were taken from a single randomly selected set of coherently
AM bands. For the random AM conditions, each band was
randomly selected from the pool of 40. Figure 2 shows a
typical time waveform of a single masker band. Figure 3
shows the average magnitude power spectrum of all 40
masker envelopes, with the shaded region indicating6one
standard deviation from the mean. As indicated in this figure,
most of the envelope energy was at or below 40 Hz.

Speech stimuli were 62 spondees,1 resampled at 12.5
kHz from CD recordings of the adult and child spondee lists
~CD101R2, Auditek!. Ten spondees were eliminated from the
original pool of 72 based on pilot data from naive observers,
indicating that these spondees were particularly difficult to
identify after filtering into nine bands. While all words were
equal rms initially, this was not the case after filtering. The
nominal signal level was computed as the mean dB SPL
across the set of 62 words, and results are reported in dB
SPL. In the masker AM conditions, speech bands were pre-
sented without further modification. In the speech AM con-
ditions, coherent speech AM was achieved by multiplication
of each speech band with a single randomly selected masker
band envelope, and random AM was achieved by multiply-
ing each speech band by a different randomly selected
masker band envelope.

In the AM masker conditions, both masker and speech
bands were loaded and summed, and the signal and masker
streams were played out of two channels of a DAC~PD1;
TDT! at 12.5 kHz. In the case of AM speech, speech and
Hilbert envelope files were loaded and multiplied, and

played out of a single channel of the DAC. The masker was
generated by a Gaussian noise generator~WG1, TDT!. Other
stages of processing were the same for the masker AM and
the signal AM conditions: that is, the signal and masker
channels were attenuated~PA4; TDT!, anti-alias filtered at 5
kHz ~Kemo VBF 8!, added~SM2; TDT!, passed through a
switch ~SW2; TDT!, and routed to the left ear of Sony
MDRV6 headphones via a headphone buffer~HB6; TDT!.
The masker for both the masker AM and the signal AM
conditions was 55 dB SPL and 1350 ms in duration, with
masker onset preceding the speech sample by 155 ms. All
stimuli were ramped on and off with the shaping provided by
convolution used to improve the bandpass filtering, which
was approximately 26 ms.

C. Procedures

All of the data presented below were collected according
to a two-down, one-up adaptive procedure~Levitt, 1971!,
resulting in an estimate of the signal level associated with
71% correct. A track was comprised of six reversals; the
signal level was adjusted in steps of 8 dB until the first
reversal, reduced to 4 dB until the second reversal, and 2 dB
thereafter. A threshold estimate was calculated as the mean
signal level at the last four track reversals. All threshold es-
timates reported below were the mean of three threshold es-
timates in each condition. The size of the response set was
varied across observer, with either two-alternative, four-
alternative, or open response set. In the case of two- and
four-alternative response sets, the alternatives were randomly
selected without replacement from the list of 62 and pre-
sented visually; the observer entered a response via a key-
board, and no feedback was provided other than that which
could be inferred from subsequent presentation level. In the
case of the open response set an experimenter sat in the
booth with the observer and typed in the observer’s verbal

FIG. 1. A FFT was performed on the summed impulse response associated
with each of the filters used to generate the nine narrow bands of Gaussian
noise and speech. The result is plotted here in dB~re: max! as a function of
frequency.

FIG. 2. A typical masker band is plotted as a function of time~ms!.

FIG. 3. The Hilbert envelope of one band from each of the 40 masker sets
was submitted to a FFT. The mean~dB! is plotted with the dark line as a
function of frequency, and the shaded area indicates61 standard deviation
from that mean.
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response. Any discrepancy between the observer’s report and
the target spondee presented was scored as an incorrect re-
sponse. As in the closed set conditions, no explicit feedback
was provided to the observer. Three threshold estimates were
obtained in each of four conditions~2 AM patterns32
stimuli carrying that AM!. If thresholds varied by 15 dB or
more, an additional threshold was obtained and the outlier
estimate discarded.

Each listening session lasted for approximately 45 min
and included all conditions for one of the three response set
paradigms, both coherent and random conditions for masker
AM and speech AM. In order to prevent practice effects or
stimulus familiarity from biasing the results, thresholds were
obtained in random order. Observers participated in a single
listening session.

III. RESULTS

Figure 4 shows the box plots of thresholds comprising
each condition. Boxes span the 25th–75th percentiles, with
the center bar indicating the median. Vertical bars mark the
10th and 90th percentile values. As one would expect, signal

level at threshold was considerably higher for the open set
than for the two- and four-alternative sets. The effect of AM
coherence for the masker AM and speech AM conditions is
illustrated in Fig. 5 as the difference in threshold for the
random and coherent conditions computed for each observer.
As in Fig. 4, boxes span the 25th–75th percentiles, and ver-
tical bars indicate the 10th and 90th percentiles. These results
suggested an advantage for coherent AM in some but not all
conditions.

An ANOVA was performed including stimulus~masker
AM versus speech AM! and AM pattern~coherent versus
random! as within-subject factors, and response set size
~two-alternative, four-alternative, and open! as a between-
subject factor. There was a main effect of stimulus (F1.42

5192.77, p,0.0001) and of set size (F2.425319.44, p
,0.0001), but no main effect of AM pattern (F1.4252.97,
p50.09). There was a two-way interaction for stimulus ver-
sus set size (F2.42510.33, p,0.0005) and for AM pattern
versus set size (F2.4254.48, p,0.05), but not for stimulus
versus AM pattern (F1.4250.15, p50.70). The three-way
interaction was significant (F2.4255.88,p,0.01).

Because the three-way interaction was significant, main
effects must be interpreted with care. The nature of this in-
teraction was examined by a test of simple-simple effects, as
derived from the ANOVA~Kirk, 1982!. Six tests of simple-
simple main effects were performed to assess the effects of
AM coherence. The difference in thresholds for the random
and coherent AM was significantly different from zero for
two conditions at the 0.05 level~Sidak adjustment for mul-
tiple test; Kirk, 1982!, as indicated by stars in Fig. 5. For the
two-alternative masker AM condition, thresholds were lower
for the coherent than the random AM (F1.4258.56, p
,0.05). The opposite result was observed for the open set
masker AM conditions; that is, thresholds were higher for the
coherent than the random AM (F1.4258.49,p,0.05). There
was no significant difference for the four-alternative masker
AM condition or for any of the speech AM conditions.

IV. DISCUSSION

In this data set, AM coherence was found to have an
effect on spondee identification in the masker AM but not the
speech AM conditions. The effect of masker AM coherence

FIG. 4. Box plots indicate the distribution of thresholds in dB SPL for each
condition (n515). Boxes span the 25th–75th percentiles, with the center
bar indicating the median and vertical bars indicating the 10th and 90th
percentiles. The two columns contain data for the masker AM~left! and
speech AM~right!, and the three rows contain data from the open~top!,
four-alternative~middle!, and two-alternative~bottom! response sets. Data
for the two AM coherence conditions are shown separately in each panel.

FIG. 5. The average effect of AM coherence within observer is plotted
separately for the masker AM and the speech AM conditions. Data from the
three response sets are plotted separately in the three panels. Stars indicate
the two conditions for which the AM coherence effect was significantly
different from zero (p,0.05).
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was not consistent across conditions. Thresholds were better
~lower! with the coherent AM in the two-alternative response
set and poorer~higher! with the open response set. Whereas
CMR can often be of high magnitude in paradigms measur-
ing pure-tone detection, CMR is usually relatively small in
paradigms requiring the discrimination of a fine frequency
~Hall et al., 1997! or amplitude~Hall and Grose, 1995! char-
acteristic of a suprathreshold signal. This has been inter-
preted as indicating that information available at the output
of the CMR process is in some sense relatively coarse. Based
upon this interpretation, one might expect a larger advantage
of coherent AM for a small response set than a large re-
sponse set, to the extent that the correct identification can be
made based on simpler features of the stimuli in the context
of a smaller response set. For example, if the cues received
by an observer on a particular listening interval indicate the
presence of a /#/ in the stimulus and the alternatives pre-
sented are ‘‘armchair’’ and ‘‘football,’’ those cues would sup-
port a correct response. However, the same cues to the pres-
ence of a /#/ would be quite unlikely to produce a correct
response under open response set conditions.

Finding an interaction between this CMR-like effect and
response set size is not surprising. Finding a reversal of the
AM coherence advantage in the open response set conditions
~i.e., poorer performance with coherent AM!, however, is
somewhat unexpected. One interpretation of this result per-
tains to the disparate levels of the speech signals between the
open and two-alternative response set conditions. The speech
signal at threshold was approximately 15 dB higher in the
open than in the two-alternative response set condition. Thus,
in the open set condition, even the speech signal energy co-
incident with masker peaks may have been at a sufficiently
high signal-to-noise ratio to be detected. Whereas speech en-
ergy in masker peaks would be of potential benefit in the
random noise conditions, it may have been of less benefit in
the comodulated noise due to the relatively low weighting
given to signal information coinciding with modulation
maxima of comodulated noise~Buus, 1985!. Results from
the four-alternative response set are consistent with this hy-
pothesis in that speech levels at threshold were only margin-
ally higher than those in the two-alternative data set, and the
AM coherence effect, while nonsignificant, was in the same
direction as that demonstrated for the two-alternative re-
sponse set.

Processing advantages of AM coherence under some
conditions and advantages for random AM under other con-
ditions raises the question of whether there is an AM coher-
ence advantage under naturalistic listening circumstances.
There were many features of the current experiment that
make direct comparisons to natural listening situations diffi-
cult. First, the speech materials themselves were highly se-
lective, being comprised of two single-syllable words and
each receiving equal stress. While the observers in the open
response set conditions were not told about these stimulus
characteristicsa priori, the most salient features of the
stimuli quickly became apparent over the course of the ex-
periment as an increasing number of suprathreshold stimuli
were presented. Second, the response set conditions were
extreme compared to those encountered under natural listen-

ing conditions. For example, there are few listening contexts
in which a listener knows without doubt that a particular
input is one of two words, but on the other hand it is unusual
for a listener to have no expectations regarding the semantic
content of a speech stimulus. While the paradigm used here
was highly artificial, it seems quite likely that the effect of
masker AM coherence is dependent on listening context and
the expectations of the listener, as well as the distribution of
acoustic cues relative to the masker maxima and minima
across frequency.

The lack of a coherence effect in the speech AM data
suggests that the auditory system is relatively adept at piec-
ing together asynchronous components of speech informa-
tion that are presented in different frequency regions. The
fact that synchrony was controlled relatively grossly here
~i.e., coherent or random speech AM! prevents a fine-grained
analysis, but results are generally consistent with an interpre-
tation that the temporal coincidence of ‘‘glimpses’’ across
frequency is not of great importance. This result is broadly
consistent with those reported by Greenberg and Arai~1998!,
where it was found that speech understanding is relatively
robust with respect to time delays between different spectral
regions. The present results also invite comparison to the
results of Howard-Jones and Rosen~1993!. Both of these
investigations are consistent with an interpretation that
speech can be synthesized from asynchronous spectral infor-
mation. However, whereas the present results support this
interpretation for nine speech bands, Howard-Jones and
Rosen found evidence of this type of synthesis only when the
number of speech bands was small. We are currently con-
ducting further research to obtain a better understanding of
this apparent discrepancy.

It is of interest to compare the present results with those
of Carrell and Opie~1992!. In that study the target speech
was sentence material consisting of time-varying sinusoid
speech. Amplitude modulation at 100 Hz was found to im-
prove intelligibility of those sentences but only when the
component tones were coherently modulated, as compared to
random phase AM across the tones. The mechanism sug-
gested to explain these results was that the common AM
encouraged the grouping of tones into a single stream, serv-
ing a similar function as the fundamental frequency of the
voice in natural speech. While coherent speech AM could
theoretically have filled the same function in the stimuli used
in the current experiment, there are several differences be-
tween that study and the experiment reported here that bear
on this interpretation. First, the speech used here was much
more naturalistic than that used by Carrell and Opie, includ-
ing nine bands spread across a wide range of frequencies,
one of which being a very low frequency band~159-Hz cen-
ter frequency!. This configuration of bands would provide
grouping cues not present in sine-wave speech. Unlike sine-
wave speech, these stimuli ‘‘sounded like speech’’ to subjects
on the very first presentation and did not require training
trials. This suggests that the speech stream was interpreted as
a single stream even without the introduction of coherent
AM. Second, the modulation rate imposed in the coherent
AM condition was relatively low frequency, with the major-
ity of energy at or below 40 Hz. The work of Drullman and
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colleagues~Drullman et al., 1994a, b! shows that the AM in
this frequency range is characteristic of natural speech and
can play a role in speech processing. Therefore, superposi-
tioning of masker AM onto the speech signal could have
introduced contradictory cues to the identity of the speech
signal. If this were the case, then AM would have been det-
rimental to target identification in both the coherent and ran-
dom AM conditions.

V. CONCLUSIONS

The present work supports two conclusions:

~1! The modulated noise results suggest that the effect of
AM coherence on speech recognition is highly depen-
dent upon the size of the response set. Coherent AM was
associated with better thresholds in a two-alternative re-
sponse set, but was actually associated with poorer
thresholds in an open response set.

~2! The modulated speech results suggest that speech under-
standing does not depend critically upon the across-
frequency temporal synchrony of AM imposed on the
speech material.

The extent to which these conclusions are generalized be-
yond the spondee material used here remains to be seen.
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When the source of a tone moves with respect to a listener’s ears, dichotic~or interaural! phase and
amplitude modulations~PM and AM! are produced. Two experiments investigated the
psychophysical characteristics of dichotic linear ramp modulations in phase and amplitude, and
compared them with the psychophysics of diotic PM and AM. In experiment 1, subjects were
substantially more sensitive to dichotic PM than diotic PM, but AM sensitivity was equivalent in the
dichotic and diotic conditions. Thresholds for discriminating modulation direction were smaller than
detection thresholds for dichotic AM, and both diotic AM and PM. Dichotic PM discrimination
thresholds were similar to detection thresholds. In experiment 2, the effects of ramp duration were
examined. Sensitivity to dichotic AM and PM, and diotic AM increased as duration was increased
from 20 ms to 200 ms. The functions relating sensitivity to ramp duration differed across the stimuli;
sensitivity to dichotic PM increased more rapidly than sensitivity to dichotic or diotic AM. This was
also reflected in shorter time-constants and minimum integration times for dichotic PM detection.
These findings support the hypothesis that the analysis of dichotic PM and AM rely on separate
mechanisms. ©2003 Acoustical Society of America.@DOI: 10.1121/1.1525286#

PACS numbers: 43.66.Pn@LRB#

I. INTRODUCTION

Interaural differences in phase and amplitude permit a
listener to determine the horizontal bearing of the source of a
tone~Rayleigh, 1907!. Moreover, when the source of a con-
tinuous tone moves in the horizontal plane with respect to a
listener~or the listener’s ears move with respect to the tone’s
source, as when the head is turned!, dichotic modulations in
the phase and amplitude of the sound are produced. In this
paper, we report studies of dichotic phase and amplitude
modulation~PM and AM! as cues to motion.

Sinusoidal modulations of dichotic phase can be pro-
duced by presenting sinusoidally frequency-modulated~FM!
signals to each ear and introducing a phase-delay between
the modulations at each ear. Despite the physical similarity
between FM and dichotic PM, detection thresholds for sinu-
soidal dichotic PM are an order of magnitude smaller than
monaural or diotic thresholds for sinusoidal FM, when the
modulation rate is 1 Hz~Greenet al., 1976; Henning and
Zwicker, 1984; Zwicker and Henning, 1985; Wittonet al.,
2000!. This dichotic advantage persists~with decreasing

magnitude! up to modulation rates of 40–60 Hz~Green
et al., 1976; Wittonet al., 2000!, and is not affected by sev-
eral tens of decibels of fixed interaural level difference~Wit-
ton et al., 2000!. In other words, at low modulation rates,
subjects can make use of the interaural phase-delay present
in the dichotic PM stimulus, enabling detection to occur at
smaller modulation depths than the detection of monaural or
diotic FM. Henning and Zwicker~1984! noted the absence of
such an advantage for detecting dichotic over diotic AM.

It has been suggested that the responses of human lis-
teners to moving tone stimuli cued by dichotic PM are slug-
gish or slow. This suggestion is based principally on obser-
vations that thresholds for discriminating modulation of
interaural temporal differences~ITD! from FM of a low-pass
noise deteriorate rapidly with increasing modulation rate
~Grantham and Wightman, 1978!. Further evidence for slug-
gishness was provided by measurements of minimum au-
dible movement angle~MAMA !—the azimuth through
which a sound source is required to move for a listener to
determine that it is moving or to discriminate the moving
source from a stationary sound. Perrott and Musicant~1977!
showed that the MAMA for a free-field moving sound in-
creases with increasing sound-source velocity. This findinga!Electronic mail: c.witton@aston.ac.uk
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was later confirmed for simulated sound movement~gener-
ated by varying the output levels of two loudspeakers!,
where MAMA increased sharply as stimulus duration was
decreased below 100–150 ms~Grantham, 1986!, indicating a
long time constant or, equivalently, a sluggish system. Chan-
dler and Grantham~1992! again showed that MAMA in-
creased with increasing velocity and calculated a minimum
integration time of 336 ms for dynamic spatial resolution of
a 500-Hz tone.

A common problem in sound movement research is that
attempts to identify the contributions of velocity, distance,
and duration of movement are confounded by their interrela-
tion and it can be difficult to determine which is the control-
ling variable in an experiment. However, taken with the find-
ing that velocity discrimination thresholds deteriorate with
increasing reference velocity, Grantham’s data have been in-
terpreted to mean that subjects are relatively insensitive to
changes in thevelocityof sound movement, and, further, that
movement sensitivity is specifically impaired at high move-
ment velocities. Recently, Carlile and Best~2002!, using
broadband stimuli presented in virtual auditory space, have
suggested that the auditory system actually can discern
movement velocity, but that velocity discrimination perfor-
mance is greatly improved by the use of displacement cues
in addition to velocity cues.

Grantham~1982, 1984! provided evidence that dynamic
ITDs are processed differently from dynamic interaural in-
tensity differences~IIDs!, when he showed that thresholds
for detecting fluctuating IIDs increase less than thresholds
for detecting fluctuating ITDs as the rate of fluctuation is
increased. There is, therefore, evidence for some difference
between the temporal aspects of the mechanisms by which
dichotic phase and amplitude cues are processed. It is pos-
sible that such differences could have affected the results of
previous studies of sound movement perception that have
used stimuli composed of different cues.

In this study, we sought to extend the findings of Witton
et al. ~2000! by examining the psychophysics of dichotic lin-
ear ramp modulations similar to those which occur during
the movements used in previous studies~e.g., Perrott and
Musicant, 1977; Grantham, 1986; Chandler and Grantham,
1992!. These ramp modulation stimuli give a percept of
smooth unidirectional horizontal movement. We first deter-
mined detection thresholds for linear dichotic PM ramps, and
for linear diotic PM ramps where no interaural delay was
present. Then, to investigate sensitivity to direction~rather
than the simple presence of a modulation! we measured
thresholds for discriminating between leftwards and right-
wards movement. Analogous measurements were also made
for dichotic and diotic amplitude modulations, allowing us to
test Henning and Zwicker’s finding that no dichotic advan-
tage occurs for AM stimuli~Henning and Zwicker, 1984!. In
a second experiment, we investigated how sensitivity to lin-
ear ramps in dichotic PM and AM was affected by restricting
the duration of modulation~and hence the extent and dura-
tion of any perceived motion!. This experiment was designed
to allow the comparison of thresholds for isolated dichotic
PM and dichotic AM with the data from Grantham~1986!
and Chandler and Grantham~1992!, and to allow us, like

Grantham, to calculate time constants for detection of these
modulations.

II. EXPERIMENT 1. DETECTION AND DISCRIMINATION
THRESHOLDS FOR 1-s RAMP MODULATION
STIMULI

A. Methods

1. Subjects

Five trained subjects took part in experiments to mea-
sure detection and direction-discrimination thresholds for di-
chotic ramp modulations of phase and then of amplitude.
Three of the subjects also took part in threshold measure-
ments for diotic phase and amplitude ramps. The subjects
were aged between 20 and 45 years of age, one was female,
and none had any known hearing loss or neurological disor-
der. All of the subjects underwent a period of at least 5 h
training before data collection.

2. Stimuli

The signals were generated using Tucker-Davis Technol-
ogy equipment~TDT System II!. The required waveforms
were created digitally and scaled to fill the dynamic range of
two independent 16-bit digital-to-analog converters. The
sampling rate was 40 kHz and the signals for each ear were
low-pass filtered at 12 kHz, separately attenuated, and used
to drive calibrated Sennheisser HD40 earphones working in
phase.

The modulations were linear ramps in phase or ampli-
tude, imposed on a 500-Hz pure tone and presented at 55 dB
SL. The stimuli had a total duration of 1000 ms and are best
described by subdividing them into three parts, each of
which can be defined by a single equation. This subdivision
is illustrated in Fig. 1. For the first part of the signal,s(t), a
pure unmodulated tone of frequencyf ~equal to 500 Hz in the
present study!, of amplitudeA, occurs for 20 ms and is given
by

s~ t !5A sin~2p f t ! ~0<t<0.02!. ~1!

During this 20-ms unmodulated portion of the stimulus, the
tone is gated on with a half-Gaussian envelope. The second,
modulated portion of the stimulus~duration 960 ms! can be
an increase~as illustrated in Fig. 1! or a decrease in phase or

FIG. 1. Sketch of the ramp modulation as a function of time. The stimulus
is divided into three parts; the modulation itself begins at timerstart and
ends at timerstop. See text for details.
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amplitude, and is defined differently according to the param-
eter being modulated. The signal associated with a linear
phase modulation~PM! is described as

s~ t !5A sinS 2p f t1
b~ t2rstart!

rstop2rstartD ~rstart<t<rstop!, ~2!

where the modulation index~i.e., the maximum excursion of
the ramp, equivalent to modulation depth expressed in radi-
ans, but conventionally reported without units! is denotedb,
and the termsrstart andrstop denote the times at which the
ramp modulation begins and ends; see Fig. 1 for details. As
the phase of the signal changes linearly, there is an accom-
panying frequency change, in the form of a square pulse. The
magnitude of this frequency change is determined by therate
at which the phase is modulated.

When linear AM is applied, the signal can be described
as follows:

s~ t !5AS11
m~ t2rstart!

~rstop2rstart! D sin~2p f t ! ~rstart<t<rstop!,

~3!

where the symbolm denotes the modulation index~for AM,
this is equivalent to the modulation depth as a proportion of
the total amplitude of the signal!.

The third and final portion of the stimulus, after termi-
nation of the modulation, is described by Eq.~4! if PM was
applied to the signal, or by Eq.~5! if AM was applied:

s~ t !5A sin~2p f t1b! ~rstop<t<rstop10.02!, ~4!

s~ t !5A~11m!sin~2p f t ! ~rstop<t<rstop10.02!. ~5!

The duration of the third part of the stimulus was 20 ms
during which the sound was gated off with a half-Gaussian
envelope.

The modulation depths in the second and third parts of
the stimulus@Eqs. ~2!–~5!#, b and m, were positive for an
increasing ramp~as in Fig. 1!, and negative for a decreasing
ramp. Note that for a sinusoidal modulation, the modulation
index would normally describe the amount by which the sig-
nal is modulated aboveand below its average. For these
stimuli, it represents aunidirectional increase or decrease in
the parameter being modulated.

If dichotic modulation was required, the ramps were ap-
plied to the subjects’ ears with an interaural phase difference
such that an increase in the modulated parameter in one ear
was matched with a decrease of equal depth in the other ear.
If diotic modulation was required, identical signals were pre-
sented at the ears. For a positive~upwards! diotic phase or
amplitude modulation of a given depth,D, the modulation
depth of the ramp in each ear wasD. For a positive~right-
wards! dichotic modulation of the same depth, the modula-
tion depth was1D in the right ear and2D in the left ear.
Therefore, in this example, the modulation depth, considered
at each ear independently~‘‘monaural’’ depth!, was always
D. When the degree ofinteraural modulation is considered,
however, the diotic and dichotic stimuli differ. For a diotic
modulation, the ramps in both ears are identical and there is
an interaural phase or amplitude modulation of 0. Con-
versely, when ramps are presented in opposite directions~as

in the dichotic condition!, there is aninteraural modulation
of 2D, i.e., twice the depth of ‘‘monaural’’ modulation. In
this paper, all thresholds are presented in terms of the ‘‘mon-
aural’’ depth of modulation at criterion; however, dichotic
phase or amplitude thresholds can be converted to threshold
depth of interaural phase or amplitude modulation by mul-
tiplying by a factor of 2.1

When identical PM is applied to both ears with no inter-
aural phase difference, as in our diotic PM ramps, the result-
ing stimulus is equivalent to a diotic frequency change. Be-
cause frequency change is the derivative of phase change, the
frequency modulation associated with the linear phase-ramp
takes the form of a square pulse, not a linear frequency ramp.
The magnitude of this square frequency pulse is determined
by the slope of the phase ramp, and the pulse is of the same
duration as the phase ramp. If the duration of a phase ramp
of a given depth is increased, its slope—and hence the mag-
nitude of the frequency pulse—decreases. Phase ramp detec-
tion thresholds can thus be converted to thresholds for dis-
crimination of frequency pulses in Hz (D f ) as follows:

D f 5
b

2p~rstop2rstart!
, ~6!

whereb is the phase ramp depth in modulation index and
~rstop2rstart! is the ramp duration in seconds~see Fig. 1 for
details!. Therefore, where appropriate, PM detection thresh-
olds are numerically expressed as frequency changes as well
as phase changes.

3. Psychophysics

In thedetectionparadigm, the target interval contained a
modulated tone and the other interval contained a pure tone
of the same duration. When the modulation was dichotic, the
waveforms were presented in such a way that an increase in
amplitude or phase occurred at the right ear, and a decrease
at the left ear. This resulted in the percept of sound move-
ment towards the right. When the modulation was diotic,
increases in phase or amplitude were presented to both ears,
in phase, resulting in perception of an increase in intensity, or
in a higher pitch. Subjects were simply required to report in
which interval, first or second, the modulation had occurred.

In the discriminationparadigm, the target interval was
identical to that in the detection paradigm but both intervals
contained a modulation. Thus, for dichotic modulations in
the target interval, an increase in phase or amplitude was
presented to the right ear and a decrease to the left~resulting
in a percept of movement to the right!. The other interval
contained modulations in the opposite direction, i.e., a de-
crease in phase or amplitude in the right ear, and an increase
in the left ear. Thus, in one interval the movement of the
intracranial image was to the right, and in the other interval
this movement was to the left. Subjects were required to
report in which interval they perceived movement to the
right. For the diotic condition, in the target interval, an in-
crease in amplitude or phase was presented to both ears and
in the other interval, a decrease. Subjects were required to
report which interval contained an increase in amplitude or
the higher pitch.

470 J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Witton et al.: Diotic and dichotic ramp modulation sensitivity



The discrimination paradigm contained two opposite
modulations, whereas the detection paradigm compared a
modulation with a pure tone. Thus the extent of modulation,
when considered across both intervals, was twice as far
in the discrimination paradigm as it was in the detection
paradigm. This was true for both diotic and dichotic modu-
lations.

Subjects responded using a set of push buttons, and
feedback was provided by lights, which indicated the correct
response after the subject had made his or her choice. For
each experiment, at least 100 trials were performed at each
of 6 stimulus depths, to create a psychometric function. The
data were then fitted with a Weibull function~Wichmann
and Hill, 2001a, b!, allowing the estimation of threshold,
which was defined as the stimulus depth corresponding to
75% correct. All data were collected in an IAC soundproofed
room.

B. Results and discussion of experiment 1

When presented with dichotic ramps in phase or ampli-
tude, all five subjects reported perceiving smooth linear
movement of the intracranial image. Subjects reported that
the increasing diotic amplitude ramps were perceived as a
smooth increase in loudness, and the increasing diotic phase
ramps were perceived as having a higher pitch andvice-
versa for decreasing ramps. For the subject, the diotic PM
detection and discrimination tasks were indistinguishable
from a standard frequency difference limens task.

1. Ramp detection

Figure 2 shows thresholds for detection of dichotic and
diotic PM @Fig. 2~a!#, and dichotic and diotic AM@Fig. 2~b!#
for the three subjects who took part in all conditions. The
dichotic performance of the other two subjects was similar to
that for the three presented here~see the following section!.

The ordinate is shown on a logarithmic axis; depth of
phase change is expressed on the left ordinate. Diotic PM
detection thresholds~clear columns! are of a similar order of
magnitude for all three subjects (mean515.5 @SD56.7#).
We can compare diotic PM thresholds in this study with
those from Wittonet al. ~2000! by converting into Hz@Eq.
~6!; see Sec. II A for details#. This yields threshold values of
3.3 for subject 1, 1.3 for subject 2, and 3.1 for subject 3.
Units of monaural frequency change are indicated on the
right ordinate of Fig. 2. These values are approximately
equivalent to thresholds for detecting 1-Hz FM in our previ-
ous study~about 1.5–4 Hz! and are in accordance with other
estimates of frequency discrimination threshold for long tone
durations~e.g., Henning 1970!.

There is some intersubject variability for dichotic PM
detection ~shaded columns; mean50.1 @s.d.50.08#), but
sensitivity to dichotic PM is greater than to diotic PM for all
three subjects@Fig. 2~a!#. Thus, the dichotic advantage for
detecting PM, previously described for sinusoidal stimuli
~Greenet al., 1976; Henning and Zwicker, 1984; Zwicker
and Henning, 1985; Wittonet al., 2000!, was also observed
in the data described here. In those previous studies, the
amount of interaural phase modulation was identical to the
amount of monaural phase modulation, so dichotic advan-
tage could be expressed by simply taking the ratio of the
thresholds in each condition. Here, however, the interaural
phase modulation in the dichotic condition is twice the phase
modulation in each ear. If subjects detect dichotic PM on the
basis of the monaural phase modulation, we could simply
compare diotic and dichotic PM thresholds, which give 100-
fold advantages for subjects 1 and 2, and a 470-fold advan-
tage for subject 3. On the other hand, if the auditory system
makes use of theinteraural phase modulation, then the mea-
sured dichotic PM thresholds, which represent only the phase
change at one ear, should be doubled to account for the over-
all interaural phase modulation in the stimulus. This yields
50-fold advantages for subjects 1 and 2, and a factor of about
236 for subject 3. Whichever way the advantage is calcu-
lated, subjects are clearly substantially more sensitive to PM
in the dichotic than the diotic condition as can be seen from
the plots in Fig. 2. In addition, the values from this study are
larger than those reported by Wittonet al., for 1-Hz modu-
lations where advantages of 10–20-fold were obtained. This
difference may be because the ramp modulations used here
contain much slower modulations than the 1-Hz sinusoidal
modulations used by Wittonet al. ~2000!. Green et al.
~1976! used modulation rates as low as 0.2 Hz and also
found larger dichotic advantages.

When thresholds for detecting dichotic amplitude ramps
are compared with thresholds for diotic amplitude ramps
@Fig. 2~b!#, a different pattern is observed. Diotic~clear col-
umns! and dichotic~shaded columns! amplitude ramp detec-
tion thresholds are similar for all three subjects~diotic AM:

FIG. 2. ~a! Thresholds for detecting diotic and dichotic PM and~b! thresh-
olds for detecting diotic and dichotic AM. Each pair of bars represents data
from a single subject. Note the logarithmic scale on the ordinate.

471J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Witton et al.: Diotic and dichotic ramp modulation sensitivity



mean50.11 @s.d.50.05#; dichotic AM: mean50.14 @s.d.
50.09#!. Subjects 1 and 3 have a smaller threshold in the
diotic condition, whereas subject 2 has the opposite pattern
for thresholds. When a simple ratio of thresholds is taken, the
advantages are factors of 0.7 and 0.4 for subjects 1 and 3,
respectively, and 2.5 for subject 2, where a number less than
unity denotes a ‘‘negative advantage,’’ or a disadvantage.
When dichotic AM thresholds are multiplied by 2, to account
for the overall interaural amplitude modulation present in the
stimulus, the advantages become 0.35 and 0.2 for subjects 1
and 3, and 1.2 for subject 2. Therefore, although some degree
of dichotic advantage was observed for amplitude ramps, it
is not consistent across all subjects and the effect is negli-
gible compared to that observed for detection of dichotic and
diotic phase ramps.

2. Ramp discrimination

Figures 3~a!–~d! show both the modulation detection
~shaded columns! and discrimination~clear columns! thresh-
olds for each subject, for dichotic and diotic PM, and di-
chotic and diotic AM, all on linear axes. Table I shows dis-
crimination thresholds, for each subject, expressed as a
percentage of the detection threshold for each modulation
type.

In the discrimination paradigm, the maximum extent of
modulation across both intervals was twice that in the detec-
tion paradigm, since the discrimination intervals contained
modulations in opposite directions and of equal depths. If
subjects base psychophysical decisions on the overall extent
of modulation, rather than on the simple percept of modula-
tion direction, discrimination thresholds could be as little as
50% of detection thresholds.

Discrimination thresholds for dichotic AM@Fig. 3~a!#
are between 27% and 49% of those obtained in the detection
condition ~Table I!, suggesting that subjects are at least able
to make use of extent-of-modulation information in perform-
ing this task. There is also large variability in absolute
threshold magnitude, clearly seen in Fig. 3~a!. This is in
accordance with previous observations of wide intersubject
variability in studies of perception of moving sounds~e.g.,
Grantham, 1986!. The fact that some subjects obtained dis-
crimination thresholds substantially lower than 50% of de-
tection thresholds~e.g., 27%! is difficult to interpret. Our
fitting procedure~Wichmann and Hill, 2001a, b! provides
estimates of the standard deviation of the thresholds; obtain-
ing a detection-discrimination ratio as small as 0.27 when the
true ratio is 0.5 is somewhat unlikely and may well merit
further exploration.

Data for the detection and discrimination of dichotic
phase ramps are shown in Fig. 3~b! and in Table I. As for the
dichotic AM tasks, the overall extent of modulation in the
discrimination paradigm was twice that in the detection para-
digm. However, for dichotic PM, subjects’ discrimination
thresholds were a minimum of 76% of their detection thresh-
olds, indicating that the information about overall extent of
modulation in the discrimination trials did not contribute to
thresholds. This observation suggests that there is a major
difference between the ways in which subjects detect or dis-
criminate dichotic PM and dichotic AM. As observed for
dichotic AM detection and discrimination thresholds, there is
a degree of intersubject variability in the absolute magnitude
of the dichotic PM detection and discrimination thresholds.

FIG. 3. Detection and direction-
discrimination thresholds for~a! di-
chotic AM, ~b! dichotic PM,~c! diotic
AM, and ~d! diotic PM ramps. Each
pair of bars on each chart represents
data from a single subject; shaded
bars denote detection thresholds and
unfilled bars denote discrimination
thresholds.

TABLE I. Ramp discrimination thresholds, expressed as a percentage of
detection threshold for the same ramp modulation, for each subject and each
stimulus. The bottom row shows the mean and standard deviation of per-
centages for each stimulus, across all subjects who collected data in each
condition.

Subject no. Dichotic AM Dichotic PM Diotic AM Diotic PM

1 33% 100% 50% 29%
2 28% 76% 42% 37%
3 49% 110% 46% 46%
4 27% 76% ¯ ¯

5 41% 86% ¯ ¯

Mean ~sd! 36% ~9.3%! 90% ~15%! 46% ~4%! 37% ~8.5%!
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Data for three subjects’ detection and discrimination of
diotic ramps in amplitude and phase can be found in Figs.
3~c! and ~d!, respectively, and in Table I. For amplitude
ramps, the ratio of thresholds varies between 42% and 50%,
indicating that, like for dichotic AM, subjects are able to
make use of information about the difference between the
endpoints of the amplitude modulation in the discrimination
paradigm.

In the diotic phase ramp condition, subjects were essen-
tially performing a frequency difference limens task in both
the detection and discrimination paradigms~i.e., discriminat-
ing between two tones of different pitch!. In the discrimina-
tion paradigm, the tones were simply twice as far apart in
frequency as in the detection paradigm. Discrimination
thresholds would therefore still be expected to be approxi-
mately 50% of detection thresholds for diotic phase, even if
subjects could not make use of information about the differ-
ence between the endpoints of the phase-modulation. Diotic
PM discrimination thresholds were indeed found to be 50%,
or less than 50%, of detection thresholds, for all three sub-
jects who participated.

In summary, for dichotic AM, and diotic AM and PM,
discrimination thresholds are 50% or less than 50% of detec-
tion thresholds, indicating that subjects are able to make use
of information about the overall extent of modulation when
discriminating between two opposite modulations. The lack
of even a 50% threshold-decrease in the discrimination para-
digm for dichotic PM indicates that subjects are unable to
use extent-of-modulation information to perform this task.

C. Discussion of experiment 1

Although dichotic ramps in amplitude and phase are per-
ceived similarly~all the subjects reported hearing a smooth,
linear movement of the apparent source of the sound from
the midline towards the right ear!, it is evident from the data
described here that there are some significant differences be-
tween the detection-discrimination differences for these two
dichotic stimuli. The psychophysics of dichotic and diotic
AM are similar, but there are clear differences between the
psychophysically determined characteristics of dichotic and
diotic PM.

1. The dichotic advantage

As reported previously~Witton et al., 2000; Henning
and Zwicker, 1984; Zwicker and Henning, 1985!, it was
found that subjects are more sensitive to PM in the dichotic
than the diotic condition. This dichotic advantage was greater
than previously observed for 1-Hz sinusoidal modulations,
perhaps because the modulations in our ramp stimuli were
slower and modulated in only one direction over the 1-s
stimulus interval. Dichotic PM detection is, thus, not deter-
mined simply by the detection of diotic or single-ear modu-
lation.

The lack of a large dichotic advantage for detection of
dichotic over diotic AM is in accordance with previous find-
ings ~Henning and Zwicker, 1984; Zwicker and Henning,
1985!. Subjects do not appear to gain any advantage in de-
tecting dichotic AM from the binaural cues available in the
interaural modulation, and threshold appears to be limited by

diotic sensitivity to amplitude change rather than by any
other measurable factor.

Our diotic PM detection task was essentially a
frequency-difference limens task, and this is supported by
the similarity of our thresholds with those reported by Hen-
ning ~1970! and others for frequency discrimination. Di-
chotic PM detection could~at low modulation rates! be based
on the percept of motion, or on some other qualitative per-
ceptual difference, as the modulation depth at threshold is
below that at which pitch cues could be used.

The lack of a clear dichotic advantage for AM could
suggest that dichotic and diotic AM are processed in the
same way; for example, dichotic AM could be detected sim-
ply by listening ‘‘monaurally’’ to the AM which occurs at
either ear. However, the fact that the perception of the signal
is fundamentally different for dichotic and diotic AM sug-
gests that they are indeed sensitive to the interaural changes
that occur in the dichotic AM stimulus. This implies that the
auditory system does possess a mechanism that can specifi-
cally detect dichotic AM, although this may be limited by
diotic sensitivity to AM. Our data simply show that subjects
are approximately equally sensitive to diotic and dichotic
AM.

2. Detection versus discrimination thresholds

Dichotic and diotic AM discrimination thresholds were
less than 50% of detection thresholds for the same stimuli.
This observation implies that our subjects were making use
of information about the difference between the endpoints of
the modulations~i.e., overall extent of modulation!. This was
also the case for the diotic PM tasks, but as noted above
subjects were probably basing their decisions on pitch differ-
ences rather than modulation.

For the dichotic PM thresholds, discrimination thresh-
olds were on average 90% of detection thresholds. The data
indicate that subjects are not basing their psychophysical
judgments on the overall extent of interaural phase modula-
tion across the two intervals, even though they are sensitive
to the direction of the modulations, as evidenced by the fact
that they are capable of performing the discrimination. The
small magnitude of the threshold differences between the
detection and discrimination thresholds~especially for sub-
jects 1 and 3! implies that they might be making use of the
same qualitative information when performing the detection
task as well.

III. EXPERIMENT 2: THE EFFECT OF RAMP
DURATION ON DETECTION THRESHOLDS

Chandler and Grantham~1992! showed that sensitivity
to free-field sounds moving linearly in the horizontal plane
decreased sharply when the duration of the movement was
restricted below 200 ms, indicating a sluggish system. The
results of experiment 1 have suggested that there are some
significant differences between the psychophysically defined
characteristics of dichotic PM and AM sensitivity. Therefore,
in experiment 2, we compared the effects of restricting the
duration of the ramp modulation on sensitivity to dichotic
PM and dichotic AM.
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A. Methods

1. Subjects

The subjects were subjects 1 and 3 from experiment 1,
and one additional subject~‘‘subject 6’’!, and they were all
aged between 20 and 45 years. All underwent a training pe-
riod of at least 5 h before beginning to collect data.

2. Stimuli

Stimuli were dichotic ramp modulations in phase or in
amplitude, and diotic phase and amplitude ramps. They were
designed exactly as described in Sec. II A, except that the
duration of the ramp portion of the stimulus~part 2 in Fig. 1!
was varied so that thresholds could be measured for different
ramp durations. The duration of the pure tone in the other
interval was always the same as the total duration of the
modulated tone in the other interval. For example, a 20-ms
ramp with 20-ms rise and fall times~a total of 60 ms! was
always accompanied by a 60-ms pure tone~including 20-ms
rise and fall times! in the nontarget interval. The carrier fre-
quency was 500 Hz and the interstimulus interval was 500
ms.

3. Psychophysics

Detection thresholds for each modulation were mea-
sured using the same psychophysical procedure as for experi-
ment 1. Thresholds were obtained for dichotic and diotic PM
and AM at ramp durations between 20~a 60-ms stimulus
when rise and fall portions are added in; see Fig. 1! and 960
ms ~a total sound duration of 1 s.!.

B. Results of experiment 2

Data for all three subjects’ detection of dichotic and di-
otic AM and PM at ramp durations between 20 and 960 ms
are shown in Fig. 4.

1. Effects of ramp duration on detection threshold

Figure 4~a! shows detection thresholds for dichotic PM
and AM as a function of ramp duration for all three subjects.
Comparison of the two duration-dependency curves reveals
that for both dichotic AM and PM sensitivity is greatest at
the longest ramp durations. When considered in terms of
modulation index, thresholds for both dichotic PM and di-
chotic AM are comparable at these longer ramp durations.
Thresholds are highest for the shortest ramp duration~20 ms!
and for both modulations they decrease sharply and appear to
asymptote with increasing ramp duration. However, the rate
of decrease in threshold with ramp duration differs for each
modulation type. Dichotic PM detection thresholds decrease
more sharply, approaching their minimum value at a duration
of about 100 ms whereas dichotic AM detection thresholds
do not approach this plateau until durations are at least 200
ms. This pattern is the same for all three subjects, although
the threshold of subject 6 at 20 ms is comparatively less
elevated than for subjects 1 and 3, so the increase in sensi-
tivity with increasing duration is not as pronounced for this
listener.

Figures 4~b! and~c! show thresholds for detecting diotic
AM and PM, respectively. In Fig. 4~b!, dichotic AM detec-
tion thresholds from Fig. 4~a! are replotted, and, similarly, in
Fig. 4~c! dichotic PM thresholds from Fig. 4~a! are replotted,
for the purposes of comparison of thresholds for detecting
diotic and dichotic modulations.

In Fig. 4~b!, it can be seen that detection thresholds for
diotic AM decrease as durations are increased up to about
200 ms, in the same way as for dichotic AM thresholds.
Dichotic and diotic AM thresholds have approximately the
same duration-dependency, although this similarity is less
pronounced for subject 1 between durations of about 50 and
200 ms. Subject 6 has an approximately twofold dichotic
advantage at the shortest ramp duration~20 ms! but this de-
creases in an irregular way with increasing duration and is
reversed at durations above 200 ms. No such dichotic advan-
tage is consistently observed for subjects 1 or 3, which con-
firms the lack of advantage observed in experiment 1.

In Fig. 4~c!, it can be seen that detection thresholds for
diotic PM, plotted in terms of phase modulation index, in-
crease with increasing ramp duration. This increase is sharp-
est at the shortest ramp durations, between 20 and 160 ms.
The shape of the curves confirms that theslopeof the phase
change, instead of just the extent, may be important in deter-
mining threshold. Phase modulation thresholds can be con-
verted into equivalentD f , following Eq. ~6! ~see also Sec.
II A !. Figure 5 shows the diotic PM detection threshold data
plotted as a function of the frequency change calculated us-
ing this method. Plotted in this way the thresholds decrease
with increasing duration, like the curves relating thresholds
for the other ramp modulations to ramp duration. This pat-
tern of duration dependency is very similar to the many pre-
vious accounts of the effects of tone duration on frequency
difference limens~e.g., Turnbull, 1944; Ko¨nig, 1957; Hen-
ning, 1970; Moore, 1972!, illustrating that subjects are effec-
tively performing a frequency discrimination task when de-
tecting diotic phase ramps.

2. Time constants

The curves relating thresholds for dichotic PM, fre-
quency pulse detection, and dichotic and diotic AM to dura-
tion were fitted with exponential functions, to enable com-
parison of time constants for the decay of sensitivity. The
only exponential function that fit the data to give a signifi-
cant correlation coefficient~r! was a single exponential with
three parameters,

y5y01ae2t/T, ~7!

wheret andy are the duration and threshold values respec-
tively, y0 is the asymptotic threshold value,a is a scalar and
T is the time constant. All of ther-values from these fits were
greater than 0.900 (p,0.001), except for the dichotic PM
data of subject 6, which could not be significantly fit with a
single exponential. Table II shows the time constants calcu-
lated using this method for all three subjects, for dichotic
PM, dichotic and diotic AM, and frequency pulses.

Time constants for dichotic PM and frequency pulses are
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of the same order of magnitude~for the two subjects whose
dichotic PM data could be fit with the curve!, indicating that
the effects of reducing ramp duration on sensitivity are com-
parable for each stimulus. Due to the presence of a dichotic
advantage, subjects are making use of more than just diotic
information when detecting dichotic PM at threshold. How-
ever, the dynamics of the mechanisms responsible for detect-

ing dichotic PM and frequency pulses are approximately
equally resistant to reductions in ramp duration. This obser-
vation might reflect the similar roles of temporal interval
measurements, based on phase-locked neural impulses,
which may underlie both frequency discrimination~Henning,
1970; Moore, 1972! and dichotic PM detection~Palmer
et al., 1998!.

FIG. 4. Detection thresholds as a function of ramp duration:~a! thresholds
for dichotic PM and AM;~b! thresholds for dichotic and diotic AM; and~c!
thresholds for dichotic and diotic PM. Each graph in each figure shows data
from a single subject. Note that the data in~c! are plotted on a logarithmic
scale, in order to show the data more clearly.
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Time constants for dichotic and diotic AM are greater
than those for dichotic PM and frequency pulse detection.
There seems to be no simple pattern of relations between
time constants for dichotic and diotic AM across subjects and
there is quite a range of variability among them. Henning
~1970! reported amplitude discrimination thresholds as a
function of tone duration, and showed that sensitivity de-
creased with decreasing duration. However, the time-course
of this decay in threshold was slightly faster than the equiva-
lent decay for frequency discrimination thresholds, at least
for low carrier frequencies. This observation is not in accor-
dance with ours, that dichotic and diotic AM detection
thresholds have a longer time constant than dichotic PM and
frequency pulse thresholds. This difference may arise from
differences between the effects of duration on amplitude dis-
crimination and amplitude modulation detection: in the latter
stimulus, the amplitude is only at its maximum for a brief
time instead of for the whole duration of the tone. Grantham
~1982, 1984! found that sensitivity to dynamic IIDs was
more robust to temporal constraints than sensitivity to dy-
namic ITDs, a finding with which our data are also inconsis-
tent. Grantham used broadband sounds and interaural differ-
ences were modulated in a sinusoidal manner, which could
be the cause of the differences between our respective find-
ings. With sinusoidal modulations, the number of times that
the modulation depth reaches its maximum is increased as
modulation rate increases, whereas our method of decreasing
ramp duration does not have such an effect.

C. Discussion of experiment 2

1. Comparisons with data from other studies

The shape of the threshold-duration functions for our
dichotic PM and AM stimuli is similar to that obtained by

Grantham~1986! for movement simulated by stereophonic
balancing of the sound in two speakers separated by 30°
~producing changing ITDs as well as changing ILDs!. The
time-course of the decay in sensitivity with decreasing dura-
tion appears to be slower in Grantham’s data, since thresh-
olds become elevated at durations longer than 200 ms, al-
though there are clear intersubject differences. One
difference between the experimental paradigm employed by
Grantham ~1986! and the one employed here is that
Grantham jittered the spatial position of stimulus onset, in an
attempt to stop subjects from basing their decisions on the
location of the onset or offset positions of either interval.
This did appear to have a slight detrimental effect on the
performance of some subjects and could account for some or
all of the differences between our data. However, in a previ-
ous experiment where there was no jittering, thresholds still
appeared to asymptote somewhere between 150 and 300 ms
~Grantham, 1986!.

The shape of the threshold-duration function for dichotic
PM and dichotic AM~i.e., an exponential decay! is also simi-
lar to that calculated by Chandler and Grantham~1992! from
their MAMAs at different velocities. However, the time-
course of this decay is faster in the present paper, both for
dichotic PM and for dichotic AM. Chandler and Grantham
~1992! used a free-field moving source with a carrier fre-
quency of 500 Hz. When detecting movement, subjects are
therefore likely to have been making use of dichotic PM,
rather than dichotic AM~as well as some spectral cues gen-
erated by the pinna and head!, as a cue. This methodological
difference could account for the differences between our
findings.

Similarly, Chandler and Grantham’s~1992! minimum
integration times—about 300 ms for a 500-Hz tone—are
longer than the time constants reported here for either di-
chotic PM or dichotic AM. This difference probably results,
in part, from differences in the method of calculating the
integration time as well as differences in the data. Chandler
and Grantham~1992! plotted MAMA against movement du-
ration ~similar to our plots in Fig. 4! and calculated integra-
tion time as the duration corresponding to a MAMA 25%
above the asymptote. For our data, we chose a different
method to quantify time constants, by fitting similar curves
with an exponential function. However, it is possible to cal-
culate minimum integration times for our data in the same
way as Chandler and Grantham~1992!, based on our expo-
nential fits: the value ofx @from Eq. ~7!# when y is 25%
above the asymptotey0 .

Table III shows the minimum integration time for the

FIG. 5. Detection thresholds for diotic PM as a function of ramp duration,
with thresholds converted to a measure of frequency pulse magnitude~Hz!
rather than phase~see text for details!.

TABLE II. Time constants in ms for dichotic PM and AM, diotic AM, and
frequency pulses for three subjects, calculated using the method described in
the text. No data are available for the dichotic PM data of subject 6~see text
for details!.

Dichotic PM Dichotic AM Diotic AM
Frequency

pulse

Subject 1 11.7 82.4 38.8 18.8
Subject 3 13.4 29.3 89.0 17.9
Subject 6 ¯ 86.6 81.0 24.7
Mean ~sd! 12.6 ~1.2! 66.1 ~31.9! 69.6 ~27.0! 20.5 ~3.7!

TABLE III. Minimum integration times for detecting dichotic PM and AM,
diotic AM and frequency pulses for three subjects, calculated using the
method of Chandler and Grantham~1992!. See text for details.

Dichotic PM Dichotic AM Diotic AM
Frequency

pulse

Subject 1 44.8 183.5 131.9 48.2
Subject 3 46.8 92.0 292.7 48.6
Subject 6 - 159.4 266.0 80.0
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data of subjects 1, 3, and 6, calculated using Chandler and
Grantham’s method. Although larger in value, the minimum
integration times reflect a similar pattern of results to our
time constants. Integration times are smallest for dichotic
PM, around 44 ms for the two subjects whose data could be
fit. They increase at least twofold for dichotic and diotic AM
thresholds, but there is no observable pattern across these
two stimuli. The minimum integration times reported here
are clearly shorter than those reported by Chandler and
Grantham~1992!, probably as a result of methodological
difference. However, the dissociation between integration
times obtained for the different interaural modulations sup-
ports our hypothesis that there are significant differences be-
tween the processing of interaural phase and amplitude
modulations.

2. Sluggishness

Recently, Bernsteinet al. ~2001! have used measure-
ments of sensitivity to brief changes in ITD or IIDs under
different conditions to model the temporal characteristics of
sensitivity to these stimuli. They reported that sensitivity to
both dynamic ITDs and IIDs is constrained by a single, sym-
metric, double-exponential, temporal window, characterized
by a short~0.09 ms! and a longer~13.8 ms! time constant.
The shortness of these time constants indicates that the bin-
aural system may not be intrinsically sluggish. Nevertheless,
the frequency response of this window had an initial low-
pass segment, and it was found to reliably predict Grantham
and Wightman’s~1978! data for discrimination of dynamic
ITDs.

In this study, it was found that thresholds for detecting
dichotic PM are influenced by the duration of the modula-
tion, and this is illustrated by their sharp increase when du-
ration is reduced below about 150 ms. However, the obser-
vation that duration has an even stronger limiting effect on
thresholds for detecting dichotic and diotic AM, where sen-
sitivity to dynamic interaural phase differences is not re-
quired for detection, suggests that dichotic PM detection, for
tonal stimuli, might not be more sluggish than detection of
other types of modulation. Other studies~e.g., Grantham,
1986; Chandler and Grantham, 1992! have found longer in-
tegration times for sound movement detection than were
found for dichotic PM and AM detection in this study. It is
therefore possible that although sound movement perception
per semay be sluggish, perception of dichotic PM or AM of
a 500-Hz tone is not sluggish.

IV. SUMMARY AND CONCLUSIONS

In summary, the findings presented in this paper suggest
that there are significant differences between the psycho-
physically determined characteristics of dichotic PM and di-
chotic AM. These differences are reflected in comparisons of
dichotic and diotic detection thresholds~dichotic advantage!,
in direction discrimination performance, and in the temporal
limitations on detection.
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Three-dimensional tongue shape during vowel production is analyzed using the three-mode
PARAFAC ~parallel factors! model. Three-dimensional MRI images of five speakers~9 vowels! are
analyzed. Sixty-five virtual fleshpoints~13 segments along the rostral–caudal dimension and 5
segments along the right–left direction! are chosen based on the interpolated tongue shape images.
Methods used to adjust the alignment of MRI images, to set up the fleshpoints, and to measure the
position of the fleshpoints are presented. PARAFAC analysis of this 3D coordinate data results in a
stable two-factor solution that explains about 70% of the variance. ©2003 Acoustical Society of
America. @DOI: 10.1121/1.1520538#

PACS numbers: 43.70.Aj, 43.70.Bk@AL #

I. INTRODUCTION

Harshmanet al. ~1977! demonstrated that a vector of
midline-orthogonal vocal-tract widths, measured from lateral
x-ray cineradiograph tracings, can be represented using a
specific three-index factor analysis model called PARAFAC
~parallel factors!. In their analysis, every tongue shape was
represented as a 13-dimensional vector of vocal-tract width
measurements, arranged in order from the region of the epi-
glottis to the region of the tongue tip. PARAFAC is similar to
standard two-index factor analysis in that it models every
vocal-tract width measurement as the product of two inde-
pendent terms: a term that depends on the vocal-tract posi-
tion ~commonly called the ‘‘factor shape’’!, and a term that
depends only on the vowel identity and speaker identity
~commonly called the ‘‘factor weight’’!. PARAFAC differs
from standard two-index factor analysis in that the factor
weight, in turn, is represented as the product of a vowel-
independent speaker weight and a speaker-independent
vowel weight. The highly constrained form of the PARAFAC
model is both the reason that it is useful, and the reason that
it is rarely used in practice. In practice, PARAFAC is rarely
used because there are few datasets in nature that satisfy the
PARAFAC constraints. When the PARAFAC constraints are
satisfied, however, the constrained form of the analysis re-
sults in an intuitively appealing simplification of the data. In
particular, the vowel weights define a phonemic vowel space
that is speaker independent in the strong sense of that word:
if the weights on a particular factor of the vowels /i/ and /u/
are related by a ratio of 2:1 for one speaker, then they are
related by a ratio of 2:1 for every speaker.

In practice, PARAFAC has been found to apply to very
few types of natural data. Specifically, the literature indicates
that the success of PARAFAC analysis depends strongly on
the methods used to acquire data, the choice of index vari-
ables, and the methods used for statistical preprocessing.
Among the many possible measurements of speech articula-
tion, successful PARAFAC analysis has only been reported

for radial tongue heights from lateral cineradiograph tracings
~Harshmanet al., 1977!, pseudo-fleshpoint coordinates ex-
tracted from lateral cineradiography tracings~Nix et al.,
1996!, and electromagnetic midsagittal articulometry~EMA;
Hoole, 1999!. Among the many possible index variables of
interest in speech production, PARAFAC has only been re-
ported to explain the interaction among rostral–caudal vocal-
tract position, speaker identity, and the phonological features
of tongue height and tongue fronting. Hoole~1999! found
that PARAFAC was unable to model consonant context, and
Geng and Mooshammer~2000! found that PARAFAC was
unable to model lexical stress. Finally, Harshman and Lundy
~1984! report that the success of a PARAFAC analysis de-
pends on the use of adequate statistical preprocessing. The
preprocessing methods of Harshmanet al. ~1977! include
implicit vocal-tract length normalization, and explicit sub-
traction of each speaker’s mean tongue shape. Hoole~1999!,
Nix et al. ~1996!, and Geng and Mooshammer~2000! also
report subtracting each speaker’s mean tongue shape, but
apparently none of these studies found it necessary to per-
form any type of vocal-tract length normalization.

The purpose of this paper is to demonstrate that
PARAFAC successfully represents the three-dimensional
shape of the tongue surface extracted from coronal magnetic
resonance~MR! image stacks. Two types of measurement
vectors are analyzed: a vector of 3D pseudo-fleshpoint coor-
dinates extracted uniformly from the length and width of the
tongue surface, and a vector of 2D pseudo-fleshpoint coordi-
nates extracted from a curve along the tongue surface close
to the midsagittal plane. The 2D pseudo-fleshpoint coordi-
nates are structurally similar to the type of data analyzed by
Nix et al. ~1996!. Measurement data are indexed by speaker
identity, phonemic vowel identity, and two-dimensional mea-
surement position. A variety of data preprocessing strategies
were attempted; the method that yields the best results is
similar but not identical to the preprocessing methods of Nix
et al. ~1996!.
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II. BACKGROUND: THREE-WAY FACTOR ANALYSIS
MODELS

The model used in three-way factor analysis
~PARAFAC; Harshmanet al., 1977! is represented as fol-
lows:

di jk5 (
w51

F

ciwn jwskw1ei jk , ~1!

i 51,2,...,nc , j 51,2,...,nn , k51,2,...,ns , ~2!

wheredi jk is the displacement of thei th measurement during
utterance of thej th vowel by thekth speaker,ciw is the
relative effect of factorw on the displacement of thei th
measurement,n jw is the relative contribution of factorw on
the j th vowel,skw is the relative contribution of factorw on
the kth speaker,F is the number of factors,nc is product of
the number of fleshpoints~throughout this paper,nf p513 for
midsagittal analysis, andnf p565 for three-dimension analy-
sis! times the number of dimensions of the analyzed images,
e.g., for midsagittal images,nc5nf p32526; and for 3D
images,nc5nf p335195, nn is the number of vowels, and
ns is the number of speakers.

PARAFAC analysis is capable of finding only those fac-
tors that are used in the same way by all speakers. The
PARAFAC model assumes that, for example, if a speaker
uses 20% more than the average amount of factor 1 in pro-
duction of /Ä/, then he must also use 20% more than the
average amount of factor 1 in production of all vowels. The
PARAFAC model is too restrictive to accurately represent
stress distinctions~Geng and Mooshammer, 2000! or conso-
nant context~Hoole, 1999!, but the results of Harshman
et al. ~1977! indicate that vowel height and fronting may be
modeled using PARAFAC.

A more flexible alternative to PARAFAC analysis is pro-
vided by the Tucker3 model, represented as follows:~Bro,
1998!

di jk5 (
w151

F1

(
w251

F2

(
w351

F3

ciw1
n jw2

skw3
gw1w2w3

1ei jk ~3!

i 51,2,...,nc , j 51,2,...,nn , k51,2,...,ns . ~4!

The definitions ofdi jk , ciw1
, n jw2

, skw3
, nc , nn , ns are the

same as those in the PARAFAC model, except that a core
matrix G (F13F23F3) is introduced, wheregw1w2w3

is the
element ofG. The flexibility of the Tucker3 model allows it
to represent regularities that cannot be represented using
PARAFAC, but because of this flexibility, it can be difficult
to determine when the correct number of factors has been
chosen.

Kiers ~1991! shows that PARAFAC can be considered a
constrained version of the Tucker3 model. Although Tucker3
will always fit better than PARAFAC, Tucker3 tends to use
excess parameters when the PARAFAC model is adequate
~which is easy to observe from the mathematical model of
PARAFAC and Tucker3!. Another obvious merit of
PARAFAC is its structural uniqueness, whereas the Tucker3
model has rotational freedom and thus gives an ambiguous
result.

Based on the considerations above, and based on the
result of Harshmanet al. ~1977!, the PARAFAC model was
chosen for the analyses reported in this article. Comparison
between PARAFAC and Tucker3 analysis results will pro-
vide a method for verifying the statistical significance of any
given PARAFAC analysis order.

III. METHODS

In this study, magnetic resonance images of five speak-
ers of American English were collected during production of
nine English vowels~/Ä, ,, }, o, e,*, u, (, i/!. The shape of
the tongue was manually transcribed on all coronal images.
Reconstructed tongue shapes were analyzed using the
PARAFAC three-way factor analysis algorithm.

A. Data acquisition

The vowel tongue shapes of five speakers~three male:
m1, m2 and m3, two female: f1 and f2! were imaged using a
fast gradient echo magnetic resonance imaging protocol~GE
1.5T SIGNA scanner,Te51.9 ms, Tr5150– 300 ms, de-
pending on subject!. Four speakers were natives of Southern
California, while one speaker~m2! was a native of northern
New York State.

Subjects produced the English vowels /Ä, ,, }, o, e,*, u,
(, i/. Subjects were told to imagine the words ‘‘father, bat,
bet, boat, bait, put, boot, bit, beat,’’ respectively, as a guide to
pronunciation. Subject training was conducted prior to imag-
ing. During training, subjects lay on a couch in a sound-
treated recording room, in a supine position similar to sub-
ject position in the MRI scanner. Subjects were then asked to
sustain for 12–15 seconds. Pronunciation errors were cor-
rected by the experimenter. When subjects were comfortable
with the vowel list, each subject recorded each vowel three
times, again sustaining each vowel for 12–15 s per repetition
~speaker m1 recorded only one sustained example of each
vowel!. Acoustic recordings were analyzed using the En-
tropic formant tracker~Talkin, 1987!. Vowels produced by
subject m3 were too breathy for accurate format frequency
analysis, but were judged to be perceptually valid exemplars
of the desired vowels. Formant frequency trajectories of the
vowels of every other speaker were measured approximately
1/3, 1/2, and 2/3 of the way through the vowel. All format
frequency measurements were compared to the values re-
ported in~Peterson and Barney 1952!, and were found to be
within the range of variation predicted by that paper.

Coronal and axial image stacks were collected for each
vowel, but only coronal images are analyzed in this article.
Images are 2563256 pixels, covering a 24-cm field of view,
with a 3-mm interslice interval. Each image stack was col-
lected in two breath holds of 15–20 s in duration: odd-
numbered images were collected in the first breath hold, and
even-numbered images were collected in the second breath
hold. Subjects m1 and f1 were instructed to phonate during
imaging, but the resulting images suffer from substantial vi-
bration artifact, especially in the region of the vocal folds,
ventricular folds, and aryepiglottic ligament. Subjects m2, f2,
and m3 were instructed to hold their breath during imaging
while maintaining a posture appropriate to the requested
vowel.
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Images were segmented by hand using custom MRI dis-
play and segmentation software~Hasegawa-Johnsonet al.,
1999a, 1999b!. On each coronal image, the location of the
entire tongue was outlined, including the dorsal surface of
the tongue and all lateral surfaces in contact with the cheek
or interdental airway. The remainder of the vocal tract~bor-
ders of the palate, teeth, cheek, lips, and pharynx! was out-
lined in a different color, and the positions of the peak of the
palatal dome and of the four gingival margins were marked.

All images and segmentation files are available
from the second author, or over the Internet at
^http://www.ifp.uiuc.edu/speech/mri&

B. Image alignment

Preliminary analysis of our data revealed that different
subjects were positioned at different angles within the scan-
ner, and that despite the head restraint, some subjects
changed position between one vowel and the next. Before
the statistical analysis, it is necessary to correct the misalign-
ment error across the collected data and to measure the 3D
shape in a systematic way. The subject head front/back dec-
lination @pitch; shown schematically in Fig. 1~a!# was quite
obvious in our dataset. Image alignment is very important
before the fleshpoints measurements. Tiede~2000! pointed
out that measurements according to the tract midline@i.e., the
method used by Harshmanet al. ~1977!# are difficult to be-
gin with and sensitive to asymmetrical articulation. In his
report, a modified ‘‘shape-based’’ semipolar method was

used, which takes into consideration the shape of the hard
palate. In our study, we adopted the idea in Tiede’s report for
our image alignment.

The steps that were taken to align tongue shape data are
as follows.

~1! Generating pseudosagittal images. Since only coronal
images were used in our analysis, pseudosagittal images
were constructed only for the purpose of placing refer-
ence points. Pseudosagittal images were generated by
resampling a sagittal slice through the coronal image
stack. Figure 1~b! shows a pseudosagittal image with
reference points marked.

~2! Marking reference points in the midsagittal plane. As
illustrated in Fig. 1~b!, three reference points~R1, R2,
and R3! were used, where R1 is the maxillary incisor, R2
is the highest visible point of the palatal vault, and R3 is
the point on the rear pharyngeal wall adjoining the ante-
rior apex of the second cervical vertebra.

~3! Adjusting the pitch error. R1, R2, and R3 determine a
circle, and C is the center of the circle. The sagittal im-
ages were rotated by an angleu, whereu is the angle
between the vertical axis and the C–R2 line segment.
Figure 1~c! shows the midsagittal view before and after
the rotation, respectively.

C. Measurement vector composition

Harshmanet al. ~1977! measured the vocal-tract width
along dorsoventral gridlines. Nixet al. ~1996! point out that

FIG. 1. Image alignment methods.~a! Illustration of the ‘‘pitch error.’’~b! Illustration of the positions of reference points R1, R2, and R3.~c! Midsagittal view
of tongue surface before and after alignment adjustment. Dotted line represents the tongue surface before the rotation adjustment, solid line represents the
tongue surface after the rotation adjustment, star points represent the reference landmarks before the adjustment, left triangles represent the reference
landmarks before the adjustment, and solid circle represents the center of the reference circle.
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this method reduces the ability of the model to represent
important interdimensional correlations; instead, they pro-
pose the analysis of ‘‘virtual fleshpoints’’ located by seg-
menting the arc length of the tongue. In our study, spatially
unconstrained factors were analyzed with PARAFAC using
the ~X, Y, Z! coordinates of 65 fleshpoints, with 13 points in
the posterior–anterior direction, i.e.,Y direction, and 5 points
in the left–right direction i.e.,X direction.

From the coronal tongue outlines, the 3D tongue shape
was reconstructed using piecewise-linear interpolation. In or-
der to determine the location of virtual fleshpoints, the raw
data was projected onto theX–Y plane. Projection into the
X–Y plane results in many-to-one projection near the lateral
margins, where the tongue bulges into the interdental airway.
In order to simplify analysis, first, all points inferior to the
bulge were discarded, so that tongue height is a single-
valued function ofX andY; second, because of the noise at
the edge of theX direction in the extracted tongue surface,
one-twelfth is cut from both edges in theX direction. Then,
the fleshpoints are placed based on the extracted tongue sur-
face, using the following procedure. First, uniform sampling
along theX direction in every coronal slice generates five
fleshpoints in each coronal plane. Second, points are con-
nected to form five rostral–caudal piecewise linear ‘‘curves’’
along the tongue surface. Thirteen fleshpoints are placed on
each curve using an equal curve length criterion. Figure 2
shows the two steps for placing the fleshpoints in theX–Y
plane. TheZ values ~i.e., low/high positions! of the flesh-
points are obtained by piecewise linear interpolation between
coronal planes. ‘‘Equal-curve length’’ is defined as equal
length along each of the five rostral–caudal curves. The main
purpose of this step is to distribute the fleshpoints as uni-
formly as possible over the surface of interest.

Two types of measurement vectors were constructed for
subsequent preprocessing and PARAFAC analysis. One of
the measurement vectors contained 3D coordinate data from
the 65 reconstructed fleshpoints described above. The 3D
measurement vectors contained the Cartesian~X, Y, Z! coor-
dinates of each fleshpoint, as previously defined. Each 3D

measurement vector contained a total of 65335195 mea-
surements. In addition to the 3D measurement vectors, 2D
measurement vectors were also constructed. Each 2D mea-
surement vector contained a 2D representation of every
fleshpoint on the median curve in Fig. 2~b!. The 2D
Cartesian-coordinate vector contained~Y, Z! measurements
of each of these points. Each 2D measurement vector con-
tained a total of 1332526 measurements.

The 2D measurement vectors are of interest for two rea-
sons. First, the 2D measurement vectors are similar to the
measurement vectors used by Nixet al. ~1996!. By compar-
ing the 2D measurement results in this paper to the results of
Nix et al., it is possible to qualitatively evaluate some of the
structural measurement differences that result from the dif-
ferences in our measurement methodologies~the comparison
is not perfect, because of differences in the subject pool; see
the Discussion section!. Second, the 2D measurement vec-
tors are interesting because each 2D measurement dataset is
a strict subset of one of the 3D datasets: the data in the 2D
Cartesian coordinate vector are a strict subset of the data in
the 3D Cartesian coordinate vector. Harshman and Lundy
~1984! proposed the use of split-half analysis in order to
determine the validity of a PARAFAC solution. In split-half
analysis, the dataset is split into two or more subsets along
one of the index variables; if factor weights along the two
nonsplit index variables are unaffected by the split, Harsh-
man and Lundy argue that the PARAFAC analysis should be
considered valid. In our case, similarity between the vowel
weights and talker weights of 2D and 3D analysis may be
considered evidence that the PARAFAC model of the 3D
dataset is valid.

D. Data preprocessing

To make the data compatible with the PARAFAC model,
preprocessing is required. In this research, two preprocessing
equations were used in order to improve the effectiveness of
PARAFAC analysis: removing the mean across the vowels in
some dimensions as defined in Eq.~5!, and scaling the inter-

FIG. 2. Two steps for placing the fleshpoints in theX–Y plane.~a! Step 1, the fleshpoints are uniformly spaced from left to right in every coronal slice.~b!
Step 2, the fleshpoints are repositioned according to an ‘‘equal-curve length’’ criterion along each of the five rostral–caudal tongue surface curves.
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speaker variation in some dimensions as defined in Eq.~6!.
In these equationsn51,2,3, is the index of the coordinates
~e.g., 1 is theX, 2 is theY, and 3 is theZ coordinate!, andns ,
nf p , nv are defined as in Eq.~1!. The matrix for PARAFAC
analysis,di jk in Eq. ~1!, is defined by puttingdi jk

(1) , di jk
(2) , and

di jk
(3) in the same matrix sequentially along the dimensioni

di jk
~n!5di jk

~n!2m ik
~n! , m ik

~n![
( j 51

nv di jk
~n!

nv
, ~5!

di jk
~n!5

di jk
~n!

sk
~n! , sk

~n!5A(
i 51

nf p

(
j 51

nv

~di jk
~n!!2. ~6!

Bro ~1998! specifies two criteria for the selection of
PARAFAC preprocessing algorithms. He demonstrates, both
theoretically and empirically, that violation of either criterion
may change the statistical structure of the data. For example,
data that are properly explained by a two-factor PARAFAC
solution may seem to support a three-factor solution if the
data are improperly preprocessed. The two criteria are, first,
that mean subtraction must be within a single mode of the
data matrix, and second, that all scaling operations must fol-
low any mean subtraction operations.

The single-mode mean subtraction rule means that the
sum in Eq.~5! must be a sum over only one index variable.
The subtraction before scaling rule means that equations like
Eq. ~6! must follow equations like Eq.~5!. In Eq. ~5!, the
mode variable isj, the vowel mode. Equation~5! is thus
identical to the statistical preprocessing applied by Harshman
et al. ~1977! and Nix et al. ~1996!.

In addition to these two essential criteria, Bro~1998!
suggests two additional criteria without proving their effect
on the statistical results. First, he suggests that scaling should
be done ‘‘within’’ a mode, i.e., the sum in an equation like
Eq. ~6! should be a sum over two of the mode variables@in
Eq. ~6!, the sum is over mode variablesi andj, the fleshpoint
and vowel modes#. Second, he suggests that one of the
modes in the summation in Eq.~6! should always be the
mode that was subjected to mean subtraction in Eq.~5!.

Provided that all four criteria are satisfied, Bro~1998!
demonstrates that scaling does not change the number of
factors in the PARAFAC solution. Instead, scaling as in Eq.
~6! is equivalent to the use of a weighted least-squared-error
metric in the PARAFAC model fitting process. The effect of
Eq. ~6!, in particular, is to normalize each talker’s data to unit
sum-squared variation, so that talkers with greater variability
and/or larger vocal tracts do not dominate the PARAFAC
fitting process.

Subject to Bro’s ordering constraints, experiments were
performed to determine the combination of mean subtraction
and scaling operations with the highest percentage of vari-
ance explained by both 2D and 3D PARAFAC models. Op-
erations similar to Eq.~5! were applied to the intertalker
mean, the intervowel mean, or the interfleshpoint mean
~three possibilities!. The resulting data were either scaled or
not scaled; if scaled, all possible combinations of index vari-
ables were considered. Similar operations were repeated for
all possible combinations ofX, Y, andZ coordinate data, and
the resulting processed data were in each case fitted using a

PARAFAC model. The highest percentage of variance ex-
plained by PARAFAC modeling of any candidate dataset
was 70.6% for 3D analysis, 76.2% for 2D analysis. The op-
timum preprocessing strategy was not unique: more than a
dozen different candidate preprocessing strategies resulted in
the same percentage of variance explained. Among the set of
optimum preprocessing strategies, the strategy with the sim-
plest algorithm is as follows.

~1! Remove the mean across the vowels using Eq.~5! in all
the three coordinates that are used in the analysis; and

~2! Correct for interspeaker scale differences in the low-high
and left-right coordinates~X and Z coordinates! using
Eq. ~6!.

E. Choosing the number of factors

The core consistency diagnostic~Bro, 1998! is a new
approach for determining the appropriate number of compo-
nents for a PARAFAC model. By observing the mathemati-
cal models of PARAFAC and Tucker3, one discovers that
PARAFAC is a restricted Tucker3 model in which the core
matrix G is defined to equal the superdiagonal matrixI. The
definition of a super-diagonal matrixI is as follows:

i w1 ,w2 ,w3
5H 1, where w15w25w3

0, otherwise
. ~7!

The ‘‘goodness of fit’’ of a PARAFAC model can be verified
by first computingt iw , v jw , andskw using PARAFAC, and
then calculating the least-squares Tucker3 coreG given t iw ,
v jw , and skw . If the PARAFAC model is valid, the core
matrix G should be superdiagonal. By simply monitoring the
distribution of superdiagonal and off-superdiagonal ele-
ments, one can assess whether the model structure is reason-
able or not. There are two simple criteria:~1! the superdiago-
nal elements should be all close to 1, and~2! off-
superdiagonal elements should be close to zero. If these
criteria are met, the model is not over fitting. If these criteria
are not met, then either too many components have been
extracted, the model is mis-specified, or gross outliers dis-
turb the model. It is possible to calculate the superidentity of
G to obtain a single parameter for the model quality. The
superidentity or core consistency is defined here as

Core consistency

51003S 12(w151
F (w251

F (w351
F ~gw1w2w3

2 i w1w2w3
!2

(w151
F (w251

F (w351
F ~ i w1w2w3

!2 D ,

~8!

wheregw1w2w3
are elements of the core matrixG. The prob-

ability distribution of core consistency has not been ana-
lyzed, but Bro and Kiers~2002! suggest that a core consis-
tency of at least 90% is a good indicator of a valid model.

F. Checking the reliability of the solutions

Generally there are two steps to check the reliability of
the solutions~Bro, 1998!. First, one should check for the
convergence of the solution, i.e., the algorithm should reach
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the same solution when initiated from several different ran-
dom start points. Second, one should check for the signs of a
degenerate solution. A typical sign of degeneracy is that two
of the components become almost identical, but with oppo-
site contributions to the model.

In the PARAFAC model, each rank-one componentZw

can be expressed as the vectorized rank-one array obtained
as follows, wherê denotes the Kronecker tensor:

Zw5Cw^ Vw^ Sw , w51,2,..,F, ~9!

Cw5@c1w ,c2w ,...,cncw#8,

~10!

Vw5@n1w ,n2w ,...,nnnw#8, Sw5@s1w ,s2w ,...,snsw
#8.

For the degenerate model, the loading vectors in component
f and componentg will be almost equal in shape, but nega-
tively correlated. The similarity between componentf and
componentg can be measured using the congruence coeffi-
cient cos(Zf ,Zg) ~Tucker, 1951!, defined as

cos~Zf ,Zg!5cos~Cf ,Cg!cos~Vf ,Vg!cos~Sf ,Sg!. ~11!

Bro ~1998! suggests that a degenerate model is indicated
whenever the congruence coefficient between any compo-
nentsf andg is less than or equal to20.85.

IV. RESULTS

The percentage of variance explained for 2D midsagittal
analysis and 3D analysis is shown in Table I. For purposes of

comparison, Table I also shows the results reported by
Harshmanet al. ~1977! and Nix et al. ~1996!. Section IV A
describes the results of core consistency tests and congruence
coefficient tests conducted in order to verify that a two-factor
PARAFAC analysis is appropriate for these data. Factor
shapes, vowel loadings, and speaker loadings of PARAFAC
analysis from both 2D and 3D analysis are described in Secs.
IV B and C.

A. Core consistency diagnostic and congruence
coefficients

As mentioned in the last section, thecore consistency
diagnosticis used to decide how many factors underlie varia-
tions in the data. Figure 3 shows core consistency results for
one, two, three, and four-factor PARAFAC models. The tests
of both 2D and 3D Cartesian models are shown in Fig. 3.
The two-factor PARAFAC model has a core consistency of
nearly 100%. The three-factor model has a core consistency
of about 65%~2D! to 82%~3D!. Core consistency measure-
ments in this range are described as ‘‘problematic’’ by Bro
and Kiers~2002!; they report on some valid solutions with
core consistency measurements in this range, but they do not
claim that core consistency measurements in this range al-
ways indicate a valid model. In order to ensure that the re-
sults are meaningful, the rest of this paper will assume a
two-factor PARAFAC model.

Congruence coefficients for two-factor PARAFAC mod-
els are listed in Table I. Table I, supporting the conclusions
of Fig. 3, shows that two-factor PARAFAC is appropriate for
these data.

B. Analysis of semi-midsagittal data

Results of the PARAFAC analyses of the semi-
midsagittal data using Cartesian coordinates are shown in
Fig. 4. The semi-midsagittal data consist of the~Y, Z! coor-
dinates of the 13 fleshpoints located on the middle ‘‘curve’’
in Fig. 2~b!.

FIG. 3. Core consistency diagnostic.~a! Test results of 2D analysis.~b! Test results of 3D analysis.~Different circles represent the results of PARAFAC
analysis beginning with different start points.!

TABLE I. Variance explained and congruence coefficients by two-factor
PARAFAC models.

Variance explained Congruence coefficients

Our analysis 2D 76.2% 0.08
3D 70.7% 0.06

Harshmanet al. ~1977! 92% 0.07
Nix et al. ~1996! 88% N/A
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Figure 4 shows the shape factors, vowel weights, and
speaker weights resulting from the results of analyzing Car-
tesian coordinate data. In these figures, the ‘‘mean shape’’ci0

is defined as the average shape across all the speakers and all
the vowels,ciw* is theciw after the scaling adjustment~mean-
ing that the factors corresponding to theX coordinates in the
ciw are back-scaled usings(1), and the factors corresponding
to the Z coordinates in theciw are back-scaled usings(3)),
while the ‘‘plus shape’’ciw1 , ‘‘minus shape’’ ciw2 , and
s(n) are defined as

ciw15ci01ciw* 3max
j

~n jw!3mean
k

~skw!, ~12!

ciw25ci01ciw* 3min
j

~n jw!3mean
k

~skw!, ~13!

s~n!5
1

ns
(
k51

ns

sk
~n! . ~14!

In the figure, shape factor 1@upper plot in Fig. 4~a!# appears
to represent raising or lowering of the entire tongue. The
raised tongue has a peak about 2/5 of the way from the back,
while the lowered tongue is flat over the anterior 2/3. Shape
factor 2 @lower plot in Fig. 4~a!# appears to represent
anterior–posterior movement of the entire tongue.

Vowel weights are shown in Fig. 4~b!. In the analysis by
Harshmanet al. ~1977!, the vowel space formed a rough
quadrilateral, with vowels arranged around the quadrilateral
in the order /i, e,(, }, ,, Ä, o, *, u/. The arrangement of
vowels in Fig. 4~b! is similar, except that /o/ has a higher
factor 2 weighting than /u,*/.

In the results of Harshmanet al. ~1977!, the vowel quad-
rilateral was tilted approximately 30 deg relative to the factor
axes; Harshmanet al.described their factors as a ‘‘front rais-
ing’’ factor and a ‘‘back raising factor.’’ Factor 2 seems to
represent the distinction between back and front vowels. Fac-
tor 1 could be said to represent the distinction between high
and low vowels. The vowels /}, e, i, *, u/ are produced with
negative factor 1 weights, apparently indicating raising of the
whole tongue. The vowels /Ä, ,/ have positive factor 1
weights, apparently indicating lowering of the whole tongue.
The vowels /*, o, u/ are produced with positive factor 2
weights. apparently indicating posterior tongue raising. The

vowels /}, e, (, i, ,/ have negative factor 2 weights, appar-
ently indicating lowering of the posterior tongue.

Speaker loadings are shown in Fig. 4~c!. Speaker f2 and
f1 weights factor 1 most heavily, and speaker m3 weights
factor 1 least heavily. Factor 2 is most heavily utilized by
speaker m2. Speaker f2 has a negative factor 2 weight, mean-
ing that the tongue shape measurements acquired from MRI
of this subject may be troublesome.

C. Analysis of 3D data

Results of the PARAFAC analyses of 3D Cartesian co-
ordinate data are shown in Fig. 5 and Fig. 6. The ‘‘plus,’’
‘‘minus,’’ and ‘‘mean’’ shapes are defined same as in the
analysis of semi-midsagittal data.

Midsagittal views of the shape factor are similar to the
2D case. The correlation coefficient between the 2D factors
and the corresponding 26 dimensions of the 3D factor is
0.99. And vowel and speaker loadings are almost the same as
the 2D case with correlation coefficients 0.98 and 0.99, re-
spectively. This is an interesting result because the results of
the 2D analysis is exactly split half analysis@Harshmanet al.
~1984!# of the 3D analysis. The result also confirms that
two-factor PARAFAC is suitable for our data.

V. DISCUSSION AND CONCLUSION

The two-factor PARAFAC model is capable of extract-
ing linguistically meaningful and statistically valid 2D and
3D factors from our MRI-derived tongue data. The 2D analy-
sis works as the split-half analysis of the 3D analysis. Split-
ting the measurement vector into a pseudo-midsagittal part
and a non-midsagittal part does not change analysis results in
the nonsplit modes~i.e., vowel and speaker modes!.

The 2D MRI measurement vector analyzed in this paper
is similar in form to the x-ray measurement vector analyzed
by Nix et al. ~1996!, but the results of PARAFAC analysis
are not identical. The percentage of variance explained using
MRI data is lower than the percentage of variance explained
using x-ray data~Table I!, and the vowel space is somewhat
distorted. In order to better understand the difference in re-
sults between PARAFAC of x-ray and PARAFAC of MRI, it
is worth considering the similarities and differences between
our methodology and the methodology of Nixet al.

FIG. 4. Factors of 2D Analysis.~a! Shape factors.~b! Vowel loading space.~c! Speaker loading space.
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First, like the x-ray measurement vector of Nixet al.,
the 2D MRI measurement vector consists of theY and Z
coordinates of 13 fleshpoints uniformly distributed between
the tongue tip and the base of the tongue. Nixet al. spaced
their fleshpoints uniformly in a sagittal (Y–Z) projection,
while ours were spaced uniformly in an axial (X–Y) projec-
tion; as a result, our data cover the dorsum of the tongue
more densely and the tongue root less densely than the data
of Nix et al. We have compared pseudosagittal and coronal
segmentations of the same data, and the comparison indi-
cates that coronal segmentation is an accurate representation
of tongue position as far back as the tip of the epiglottis.
Position of the tongue root between the tip of the epiglottis
and the base of the epiglottis was part of Nixet al.’s mea-
surement vector, but not ours, and this difference may ex-
plain some of the differences in the resulting vowel spaces.

Second, Nixet al. preprocessed their data by removing
the intervowel average value of each measurement. Our pre-
processing methods included the same intervowel mean sub-
traction, as well as intertalker scaling of theX andZ coordi-
nates. Scaling after mean subtraction is guaranteed not to

change the statistical structure of the data~Bro, 1998!, but
will change the relative weight assigned by the PARAFAC
algorithm to fitting errors incurred by different talkers. We
found that scaling using Eq.~6! improved the percentage of
variance explained by the model, but did not change the
resulting vowel space. Other types of preprocessing some-
times changed the vowel space substantially, and are there-
fore not reported in this paper.

Third, the difference between tongue surface measure-
ments acquired using MRI and those acquired using x ray
may be substantial, for several reasons. In an x-ray projec-
tion, there is no way to tell whether the observed tongue
surface is midsagittal, right of midsagittal, or left of midsag-
ittal. MRI produces true 3D images, so there is no lateral-
midsagittal ambiguity. X ray also has important advantages
over MRI. First, bony anatomical landmarks such as the tip
of the incisor and the second cervical vertebra are visible in
x ray, but are invisible or ambiguous in MRI. Intertalker
differences in head position can be easily corrected when
bony fixed landmarks are visible. In MRI, intertalker differ-
ences in head position must be corrected using less precise

FIG. 5. Shape factors of 3D Analysis.~a! Shape factor 1.~b! Shape factor 2.

FIG. 6. Vowel and speaker loading spaces of 3D Analysis.~a! Vowel loading space.~b! Speaker loading space.
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soft tissue landmarks, such as the pharynx wall and the peak
of the palate. It is possible that ambiguity in the position of
soft tissue landmarks may result in some imprecision in the
measurement data analyzed using PARAFAC. The second
important difference between x ray and MRI is in the type of
speech being performed by subjects. The MRI data acquired
in this paper were acquired during sustained production of
the target vowels, while the x-ray data used by Nixet al.
were frames selected from a cineradiograph of continuous
fluent speech. Engwall~2000! compared the static vowel po-
sitions observed during MRI to the dynamic vowel extrema
observed using electropalatography and electromagnetic ar-
ticulometry. His data suggest that the vowels observed in
MRI experiments are hyperarticulated, hypercanonical pro-
ductions, related but not identical to the productions ob-
served during fluent speech. Engwall’s results suggest that
the vowel space derived from an MRI study should be
slightly more extreme than the vowel space derived from an
x-ray study. It also seems reasonable to speculate that sus-
tained phonation is more difficult for subjects than fluent
articulation, and that the increased difficulty of the task may
cause extra measurement variability that cannot be explained
using a two-factor PARAFAC model.

Fourth, the five talkers analyzed by Nixet al. ~1996!
were imaged prior to 1977~Harshmanet al., 1977!. All five
of the talkers that we imaged were born after 1977. It is
possible that dialect changes since 1977 may have changed
the tongue positions used to produce the vowels of English.
All five talkers analyzed by Nixet al. ~1996! were male; in
our study, three talkers were male, and two were female.
Male–female differences in vocal-tract size may have caused
extra variability in our data that was not well explained using
a two-factor PARAFAC model.

VI. CONCLUSION

In summary, the interaction between speaker identity
and vowel identify in MRI-derived tongue surface shape
measurements can be modeled using a two-factor PARAFAC
statistical model. The two-factor model is statistically valid
and the resulting vowel space represents most of the infor-
mation in the traditional tongue height and tongue fronting
relationships.
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Modeling the human larynx can provide insights into the nature of the flow and pressures within the
glottis. In this study, the intraglottal pressures and glottal jet flow were studied for a divergent glottis
that was symmetric for one case and oblique for another. A Plexiglas model of the larynx~7.5 times
life size! with interchangeable vocal folds was used. Each vocal fold had at least 11 pressure taps.
The minimal glottal diameter was held constant at 0.04 cm. The glottis had an included divergent
angle of 10 degrees. In one case the glottis was symmetric. In the other case, the glottis had an
obliquity of 15 degrees. For each geometry, transglottal pressure drops of 3, 5, 10, and 15 cm H2O
were used. Pressure distribution results, suggesting significantly different cross-channel pressures at
glottal entry for the oblique case, replicate the data in another study by Schereret al.@J. Acoust. Soc.
Am. 109, 1616–1630~2001b!#. Flow visualization using a LASER sheet and seeded airflow
indicated separated flow inside the glottis. Separation points did not appear to change with flow for
the symmetric glottis, but for the oblique glottis moved upstream on the divergent glottal wall as
flow rate increased. The outgoing glottal jet was skewed off-axis for both the symmetric and oblique
cases. The laser sheet showed asymmetric circulating regions in the downstream region. The length
of the laminar core of the glottal jet was less than approximately 0.6 cm, and decreased in length as
flow increased. The results suggest that the glottal obliquity studied here creates significantly
different driving forces on the two sides of the glottis~especially at the entrance to the glottis!, and
that the skewed glottal jet characteristics need to be taken into consideration for modeling and
aeroacoustic purposes. ©2003 Acoustical Society of America.@DOI: 10.1121/1.1526468#

PACS numbers: 43.70.Aj, 43.70.Bk@AL #

I. INTRODUCTION

During normal vocal fold vibration, the shape of the
glottis typically changes from convergent during glottal
opening to divergent during glottal closure~Hirano, 1981!.
Movement of the vocal fold surfaces depends on the tissue
properties of the vocal folds and the intraglottal pressures
~Ishizaka and Flanagan, 1972!. The intraglottal pressures dif-
fer depending upon geometric and dynamic factors, includ-
ing the transglottal pressure and glottal adduction~van den
Berg et al., 1957; Ishizaka and Matsudaira, 1972!, the angle
of the glottis~Gauffinet al., 1983; Scherer and Titze, 1983!,
the radius of the glottal exit~Schereret al., 2001a!, the slant
~obliquity! of the glottis ~Schereret al., 2001b; Hofmans,
1998!, and the longitudinal location on the medial surfaces
~Alipour and Scherer, 2000!.

One purpose of this study was to measure wall pressures
on both sides of the glottis for a symmetric and an oblique
divergent glottis. The pressures may differ enough on either
side to aid out-of-phase motion of the two vocal folds, a
speculation needing study. The model chosen was a replica-
tion of the one used in Schereret al. ~2001b!. A replication
was important in order to~a! check those results,~b! test the
methods of obtaining those pressures, and~c! test pushing
versus pulling the airflow through such models. Another pur-
pose of the study was to use flow visualization to determine
flow separation locations and characteristics of the exit glot-
tal jet. This information may add greater insight into the
cause of the surface pressure distributions and the potential
acoustic consequences of glottal jet flow.

For a symmetric diffuser with constant volume flow, the
air ~or fluid! may separate in the diffuser before arriving at
the exit, and move closer to one of the two walls~Kline
et al., 1959; Reneauet al., 1967!. When flow separation oc-
curs in a symmetric diffuser having straight walls, the pres-

a!Author to whom correspondence should be addressed. Electronic mail:
ronalds@bgnet.bgsu.edu
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sures on the two walls may differ due to flow instability
~Ashjaee and Johnston, 1980; Carlsonet al., 1967!, resulting
in a skewed flow in the duct. Also, flow from a centrally
located slit into a larger rectangular duct is known to move
toward one side of the downstream duct@Durst et al., 1974;
Cherdronet al., 1978; Tsui and Wang, 1995; Yang and Hou,
1999; this phenomenon is also mentioned in Shadleet al.
~1991! for an eccentric glottal orifice#.

Alipour et al. ~1996b! studied velocity distributions
within three models of the human larynx: steady flow
through a divergent glottis in both a rigid Plexiglas model
and a computational model, and an excised canine larynx
with vibrating vocal folds. Results from all three models in-
dicated asymmetric velocity profiles downstream of the glot-
tal constriction. The downstream velocity was observed to be
less asymmetrical in studies ofin vivo larynges~Berkeet al.,
1989; Bielamowicz et al., 1999!. Alipour et al. ~1996a!
found flow more prominent on one side of the glottis using a
numerical model with oscillating~forced! glottal walls and
tracheal flow, results which also included the effects of the
motion of the glottal walls.

Pelorsonet al. ~1994! offered a description of the air-
flow through the glottis in which the separation point was
allowed to move. The results were studied using steady and
unsteady flow measurements combined with flow visualiza-
tion. The results suggested that their theoretical model was
more accurate than earlier theoretical models. Pelorsonet al.
~1995! and Hofmans~1998! emphasized that during acceler-
ated flow through divergent glottis models, the flow is sym-
metric through the glottal duct, with the flow moving toward
one dominant side~the Coanda effect! only when steady flow
was attained.

Asymmetric ducts have asymmetric pressures on their
side walls, with higher pressures on the outer wall and lower
pressures on the inner wall~Ward Smith, 1971!. This cross-
channel difference was found in our earlier glottal obliquity
study ~Schereret al., 2001b!.

This background suggests that the divergent glottis cases
studied here with steady flow will exhibit~1! different pres-
sures on one side of the glottis compared to the other side,
~2! flow within and downstream of the glottis that tends to
favor one side of the duct, and~3! complex asymmetric flow
patterns in the duct downstream of the glottis.

II. METHODS

A. Model TM5

The model used in this experiment was larger than a
human-sized male larynx. The enlargement provided greater
accuracy in creation of the vocal folds and in placing rela-
tively smaller pressure taps into the vocal fold surfaces than
could be reasonably attained with a human-size model. This
enlargement required scaling the flows and pressures actually
obtained to those that would pertain in the human. The
lengths and volume flows in the model were greater than
human size by a factor of 7.5, and the pressures in the model
were smaller than human size by a factor of (7.5)22. This
scaling comes from a straightforward dimensional analysis
~Munsonet al., 1998!.

The model of the larynx was built with interchangeable
vocal fold pieces. The vocal fold pieces were precisely
manufactured using a digital milling machine at the me-
chanical engineering workshop at the University of Toledo.
This laryngeal model is referred to as model TM5~Fig. 1!.
The design of model TM5 was based on the previous model
M5 ~Scherer and Guo, 1990, 1991; Schereret al., 2001b!.
The vocal fold design equations and parameters were re-
ported in Schereret al. ~2001b!.

The test sections of both models M5 and TM5 consisted
of a rectangular cross section with inside dimensions of 15.0
cm by 9.0 cm by 81.5 cm. The distance from the exit of the
glottis to the end of the downstream ‘‘hypopharynx’’ was
36.5 cm. Model TM5 had a stagnation tank upstream of the
test section with dimensions of 40.5 cm by 40.5 cm by 59.8
cm ~Fig. 1!. The purpose of this tank was to ensure that the
incoming air had dissipated most of its kinetic energy and
swirl before entering the test section, preserving the two-
dimensional character of the desired flow. Additionally,
model TM5 had a bank of smooth drinking straws~not
shown in Fig. 1! placed at the entrance of the test section just
downstream of the stagnation tank in order to straighten the
fluid particle paths and remove velocity fluctuations from the
flow upstream of the vocal folds.

The minimal diameter between the two vocal fold pieces
was controlled using a shim placed on one side of the tunnel,
as shown in Fig. 1. The actual minimal diameter was mea-
sured using feeler gages~accuracy of measurement was 0.01
mm!. For this experiment, the case ofD50.0400 cm~human
size; 0.30 cm in the model! was used. The vocal fold pieces
of model TM5 were equipped with 13 pressure taps~i.d. of
0.0044 cm human size! on each piece. A few taps became
clogged during the experiment. Additional pressure taps
were placed at 0.16 cm~human size! upstream of the start of
the vocal fold piece~the reference subglottal pressure tap!,
and 0.15 cm~human size, tap 15! and 3.1 cm~human size,

FIG. 1. Model TM5. ~a! Top view. ~b! Isometric view. The flow entered
from the top into the stagnation tank~upstream reservoir!, then into the test
section that housed the two vocal folds. Distances are for the model, which
are 7.5 times human size.
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tap 16! downstream of the exit plane of the vocal folds. All
pressures were measured as a pressure drop with respect to
the subglottal pressure tap.

Figure 2 shows the two cases of divergent glottal ducts
that were studied. Case~a! was a symmetric glottal duct with
an included divergent angle~between the two sides of the
glottis! of 10 degrees. Case~b! had a 15-degree oblique
~slanted! glottal duct with the same included angle of 10
degrees. Both cases were subjected to transglottal pressures
of 3, 5, 10, and 15 cm of H2O ~human values!.

B. Pressure and flow measurements

This experiment had two main parts. The first part was
to determine the pressure distributions on the vocal folds for
the two glottal geometries as a replication of an earlier study.
The second part was to visualize and describe the flow for
those cases.

Pressures on the vocal fold walls were obtained using a
micromanometer~Dwyer Microtector; resolution of 0.0006
cm H2O). Flow through the model was measured using a
mass flowmeter~model HFM 201, Teledyne Hastings! that
was calibrated to measure volumetric flow rates. A pressure
scanner~Scanivalve Corp. model WS5 with 48 pressure
ports! was placed in the line between the model and the
micromanometer. This arrangement is shown in Fig. 3.

The air passed through an atomizer~model 9306, TSI,
Inc.; see below! before reaching the upstream air stilling box.
Before pressure values could be measured, the atomizer was
cleaned and emptied of all particles. The main gate valve and
the valve on the atomizer were used to control the flow until
the desired transglottal pressure drop was attained. Using the
scanner, pressure drop values were sequentially read on both
vocal fold pieces. The value of the flow rate~voltage on the
multimeter! was monitored during the runs to guarantee neg-
ligible change in the flow rate. In the present study, the flow

was pushed by a compressed air supply, whereas the air was
pulled by a vacuum in the earlier model M5 work.

C. Flow visualization

Figure 4 shows the setup that was used to visualize the
flow through model TM5. Seeding the flow was achieved by
using the atomizer, which added a mixture of wetted hollow
spherical glass particles to the flow. The spheres~TSI Inc.,
Hampton, VA! had diameters ranging from 8 to 12mm. The
test section received the flow from the stagnation tank. After
passing through the model, the particles went into a floor
drainpipe using tubing attached to the exit pipe of the wind
tunnel.

The beam from an argon-ion LASER~model 95 Ar Ion
LASER, TSI Inc.! was transformed into a ‘‘sheet’’ via a cy-
lindrical lens. The two lines emanating from the lens shown
in Fig. 4 depict the plane of the LASER sheet. The LASER
plane was guided into the glottis from the downstream direc-
tion. The reflecting mirror had a circular shape with a diam-
eter of 2.5 cm. The mirror was located far downstream in the
reservoir and had no apparent effect on the flow close to the
glottis exit. The Reynolds numbers1 were relatively low, be-
tween 1000 and 2000, and thus the velocities in the vicinity
of the mirror were relatively low. The surface area of the
circular mirror was about 3.6% of the reservoir cross-
sectional area.

In order to avoid clogging the pressure taps on the vocal
folds during the flow visualization procedure, the taps were
taped over using regular transparent scotch tape~thickness of

FIG. 2. Cases studied.~a! Symmetric glottis.~b! Oblique glottis slanted at
15 degrees. For both cases, the included glottal angle is 10 degrees divergent
~narrower at glottal entrance, wider at glottal exit!. The location of the
pressure taps are also shown. Note the oblique case~b! has one divergent
side ~seen on the right! and one convergent side~left!.

FIG. 3. Schematic for the pressure measuring setup~TM5!. See text for
details.
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approximately 0.005 43 cm, or 0.000 724 cm human size!.
The minimal glottal diameter was established using a proper
size shim combined with feeler gauges for fine adjustment
~measured after the tape was placed over the pressure taps!.
The combination of the main gate valve and the fine-tune
valve on the atomizer was used to establish the desired trans-
glottal pressure drop.

A digital camera and a video camera were used to record
the flow behavior. Distance measurements and landmark lo-
cations~e.g., the locations of the flow separation points! on
the resulting photographs were obtained by consensus of
three collaborators who examined the photographs together.
The traverse table on which the LASER generator was
mounted was moved along the length of the vocal folds~on
the axis out of the page of Fig. 4! to scan for any apparent or
visible 3D effect. No such effects were observed.

III. RESULTS

A. Symmetric glottis results

1. Pressure distributions

Figure 5 shows the pressure distributions for both walls
for the symmetric case. The minimum glottal diameter was at
pressure tap 6~indicated by ‘‘T6’’ in the figure!, the entrance
to the glottis. Upstream of the glottal entrance~in the region
of the subglottal vocal fold walls! the cross-sectional area
decreased toward the glottis. This decrease in area caused the
flow to accelerate and the pressuredrop along the walls to
increase. The minimum pressure~largest pressure drop! was
recorded at the minimum diameter section. Pressure recovery
~that is, pressure increase! is evident past tap 6 as the glottal
cross-sectional area increased. A complete pressure recovery

~back to the subglottal pressure! was not possible due to the
losses that occurred within the glottis because of friction and
form drag.

It is known from previous studies that diffusers with a
half-angle of 5 degrees or larger may cause the flow to sepa-
rate from the diffuser walls~Kline et al., 1959!. If the sepa-
ration points on both surfaces are not at the same location
due to flow instability, unequal pressure distributions be-
tween the two surfaces can result. It can be seen in Fig. 5 that

FIG. 4. Schematic for the flow visualization setup~TM5!. See text for
details.

FIG. 5. Pressure distributions for symmetric cases~both sides of the glottis!
obtained using TM5. Pressures are scaled to human values. The straight line
segments connect corresponding data from Schereret al. ~2001b! and the
circle and square symbols refer to data from this study. The zero of the
horizontal axis refers to the axial location of the first pressure tap on the
vocal fold surface~the first pressure tap downstream of the subglottal pres-
sure tap!. The pressure tap numbers are indicated and correspond to the taps
shown in Fig. 2~a!. Tap 16 was downstream of tap 15 by 2.93 cm human
size~22 cm in TM5!, a distance further than indicated in the figure. ‘‘NFW’’
means nonflow wall, and ‘‘FW’’ means flow wall~see text!.

TABLE I. Flow values~human size! for cases~a! ~symmetric glottis! and
~b! ~oblique glottis!. The ‘‘computational’’ flow rates are those reported in
Schereret al. ~2001b! using the FLUENT computational software.

Transglottal
pressure
cm H2O

Flow for symmetric cases
~cm3/s!

Flow for oblique cases
~cm3/s!

M5 TM5 Computational M5 TM5 Computational

3 97 95 108 95 93 104
5 126 125 141 125 123 137

10 185 182 202 180 177 188
15 230 223 248 225 217 232
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the pressure distributions for this symmetric divergent glottis
were asymmetric, with different pressures on the two glottal
walls at the same cross section~except for the 3 cm H2O
condition, for which the pressures were the same!. The larg-
est difference was 5.9% of the transglottal pressure~0.59 cm
H2O) at tap 12 for a transglottal pressure drop of 10 cm
H2O. The asymmetry of pressures indicates higher pressures
on the nonflow wall~NFW! ~circles!, and lower wall pres-
sures on the flow wall~FW! ~squares; the NFW and FW
designations correspond to the flow visualization results dis-
cussed below, where FW refers to the side of the glottis on
which the flow remained, and NFW where the flow separated
from the wall within the glottis region!. Each of the empiri-
cal pressure values inside the glottis shown in Fig. 5 match
those of the earlier study of the same case~Schereret al.,
2001b! within 1.7%. The straight-line segments in Fig. 5
connect the pressure values from theearlier study. Also,
Table I shows that the flow values for the M5 and TM5
experiments agree within 3.6%.

2. Flow visualization

Figures 6~a!–~d! are photographs of the flow visualiza-
tion experiments for the symmetric glottis for the 3, 5, 10,
and 15 cm H2O conditions, respectively. These figures illus-
trate that the flow was skewed both in the glottis and in the
downstream region for all inlet pressures. Flow separated
upstream in the glottis from the vocal fold shown on the left
~NFW! just past the minimum glottal cross section. The flow
remained attached to the glottal wall of the other vocal fold
~FW! until reaching the glottal exit expansion.

For the 3 cm H2O case, Fig. 6~a! illustrates that the flow
skewed. However, Fig. 5 did not reveal any significant dif-
ference in the wall pressures for the two surfaces. For this
low inertia case, these results are consistent with the earlier
work by Schereret al. ~2001b! which illustrated~using the
computational software FLUENT! that only a very slight dif-
ference in wall pressures in the downstream region~less than
2 Pa! was required to skew the flow at low Reynolds num-
bers.

Table II gives the location of the flow separation points.
They did not appear to change on the nonflow wall side as
the flow increased, remaining at approximately 0.02 cm from
the glottal minimum diameter location. The separation points
on the flow wall side were more downstream and appeared to
move further downstream by only 0.01 cm for the higher
transglottal pressures.

Once the flow separates in a diffuser, the main flow is
susceptible to instabilities originating from small unsteady
perturbations in the shear layers. These instabilities can be
amplified to form wavy flow patterns. Sato~1959! showed
that the velocity fluctuates in the vicinity of the shear layers
near a nozzle exit in two-dimensional jet flow. Figure 7
shows the schematized flow patterns adapted from photo-
graphs of the glottis and the downstream duct. The exiting jet
oscillated slowly~easily seen by eye! along the direction of
A-A, consistent with Sato~1959!. This oscillation was small,
however, not more than60.05 cm~human size! for any con-
dition.

Upstream of the glottis there were two standing, slowly
circulating regions of flow in the lateral regions where the
subglottal contraction began~Fig. 7!. Downstream of the
glottis, the flow was transitional. Four flow circulation re-
gions ~C1, C2, C3, C4! and two reverse flow regions~R1,
R2! were formed as shown in Fig. 7. The circulation region

FIG. 6. ~a! Flow visualization image for the symmetric case, 3 cm H2O
~TM5!. The lower portion of the figure is downstream of the glottis. The
‘‘flow wall’’ side is on the right~the flow ‘‘clings’’ to that side in the glottis!,
and the ‘‘nonflow wall’’ side is on the left~where flow separation is seen
upstream in the glottis!. The pressure taps in the vocal fold on the left are
present but not obvious due to the manner in which the laser was used.~b!
5 cm H2O. ~c! 10 cm H2O. ~d! 15 cm H2O.

TABLE II. Separation point locations and 90% pressure recovery locations~human size! for case~a! ~TM5!, the
symmetric glottis with a divergent angle of 10 degrees. The tabled values are distances measured downstream
from the minimal cross-section~tap 6!. The values in the right-most column were obtained by using FLUENT,
a computational package~see Schereret al., 2001b!. The glottal axial length was 0.30 cm~human size!.

Transglottal
pressure

drop
~cm H2O)

Separation
location
nonflow

wall ~cm!

90% Pressure
recovery

location on
nonflow

wall ~cm!

Separation
location on
flow wall

~cm!

90% Pressure
recovery

location on
flow wall

~cm!

Separation
location for
symmetric

computation
~cm!

3 0.02 0.23 0.23 0.23 0.131
5 0.02 0.12 0.23 0.26 0.099

10 0.02 0.15 0.24 0.29 0.096
15 0.02 0.09 0.24 0.26 0.094
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centered at C1 appeared to have the highest velocities. For
the lower inertia flow corresponding to a transglottal pres-
sure drop of 3 cm H2O, the circulating point at C2 was not
visible and point C1 moved toward C2. The circulating re-
gions with centers at points C3 and C4 were steady and
slowly moving. In the regions R1 and R2, air flowed in the
reverse direction~toward the glottis!.

It was possible to make crude measurements of the lami-
nar core length of the glottal jet, skew angle, and width from
the photographs~see Table III!. As the flow rate and trans-
glottal pressure increased, skewing of the jet leaving the
glottis shifted toward the centerline~71 to 81 degrees, where
90 degrees would be on the center line!. Greater volume flow
‘‘straightened’’ the jet flow more toward the glottal centerline
presumably due to the greater momentum of the flow. The
width of the jet measured at the glottal exit plane decreased
only slightly ~0.05 to 0.04 cm! as flow and pressure in-
creased. The greatest change was seen in the length of the
laminar core of the jet from the glottal exit plane to the

location at which transitional widening appeared to begin
~see Fig. 7 near the A-A line!. The length of the core de-
creased by 0.32 cm from 0.41 to 0.09 cm, shortening with
higher flows and pressures.

3. Pressure recovery relative to separation point
locations

The pressure rose within the glottis past the minimum
glottal diameter. The total pressure recovery was defined
here to be the difference in pressure between tap 6~at the
minimum diameter! and tap 16~the downstream pressure
away from the glottis!. The location within the glottis where
this pressure rose to 90% of its final value is given in Table
II for both the flow wall and nonflow wall sides. For ex-
ample, for a transglottal pressure of 3 cm H2O, the separa-
tion point on the nonflow wall was at approximately 0.02 cm
away from the minimum diameter location, but the 90%
pressure recovery location was located much further along
the glottis, approximately at 0.23 cm from the minimum di-
ameter. As transglottal pressure increased, the location of the
90% pressure recovery moved upstream dramatically on the
nonflow wall~despite negligible change in the location of the
separation point!, and slightly downstream on the flow wall
side from an already downstream location in the glottis.

B. Oblique glottis results

1. Pressure distributions

Figure 8 shows the empirical pressure distributions for
the oblique case. In the glottal entrance region~T6!, the pres-
sures on the convergent wall~squares! were 27% higher than
the pressures on the divergent wall~circles!. This inequality
of the pressures in the entry region may promote asymmetric
motion patterns of the vocal folds. Inside the glottis~T6 to
T12!, the wall pressure values agreed within 1.9% with the
data in Schereret al. ~2001b! ~as in Fig. 5, the lines connect
data values from theearlier study!. From T11 to T13, the
pressure between the two sides of the glottis again differed,
with higher pressure on the convergent side~except for the 3
cm H2O case where they were essentially the same!. This
difference continued into the downstream reservoir region.
Table I again shows good agreement~within 3.6%! for the
flow rates between the TM5 and the M5 studies.

2. Flow visualization

Figures 9~a!–~d! are photographs of the flow visualiza-
tion experiments for the oblique case for the 3, 5, 10, and 15
cm H2O conditions, respectively. The pictures show that the

FIG. 7. Schematic of the flow details for~a! ~symmetric glottis!. US
5upstream; S1, S25the two separation point locations in the glottis; R1,
R25regions of reverse flow back into the glottis; the A-A line is to suggest
that the jet moves somewhat back and forth while exiting the glottis; TR
5transition region from the laminar core~upstream of A-A! to turbulent
flow; C1, C2, C3, C45circulation regions; CL5center line.

TABLE III. Glottal jet characteristics~human size! for case~a! ~TM5!, the
symmetric glottis with a divergence angle of 10 degrees. A skew angle of 90
degrees would be along the center line of the glottis.

Transglottal
pressure drop

~cm H2O)
Skew angle
~degrees!

Jet width
~cm!

Jet length
~cm!

3 71 0.05 0.41
5 77 0.05 0.35

10 78 0.05 0.10
15 81 0.04 0.09
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flow in the glottis remained more on the convergent side as
the flow and pressure increased. At low flow and inlet pres-
sure values, the viscous effects caused the flow to fill the
glottis and the separation point to occur downstream on the

divergent side near the beginning of exit rounding. As the
flow rate increased, the separation point moved upstream
from a position of 0.20 cm~3 cm H2O) to 0.02 cm~15 cm
H2O) from the minimal glottal diameter~see Table IV!. This
change in the separation point location on the divergent wall
corresponded to a change in the exiting flow direction as the
flow rate increased. The separation point on the convergent
wall remained at approximately 0.22 cm.

The flow in the region downstream of the glottis for the
oblique condition is shown schematized in Fig. 10. The flow
is structurally similar to that observed for the symmetric
glottis. The circulation region C1 again appeared to be the
fastest of the four observed circulations. For low flows, re-
gion C2 was not visible and point C1 moved toward the C2
corner. The circulation regions for C3 and C4 were relatively
steady and slow. The flow near R1 and R2 was toward the
glottis and again small oscillation was seen along A-A.

The jet direction increased from 69 degrees~relative to
the glottal exit plane! for the 3 cm H2O condition to 80
degrees for the 15 cm H2O condition, as shown in Fig. 9.
This behavior is consistent with the change in the separation
point location on the divergent wall~more upstream with
higher transglottal pressure!. Table V lists the jet skew angle,
width, and length for different transglottal pressures. As the
transglottal pressure increased, the jet width at the glottal
exit plane decreased from 0.08 to 0.04 cm, and the laminar
core length decreased from 0.60 to 0.13 cm. The fractional
change of the jet core length from 3 to 15 cm H2O was
approximately the same for both the oblique and symmetric
cases.

3. Pressure recovery relative to separation point
locations

Although the oblique~15 degrees! glottis had a conver-
gent and a divergent side, the glottal angle was still divergent
~10 degrees!, and the question of pressure recovery within
the glottis in relation to the separation point locations is per-
tinent. Table IV gives the locations of the 90% pressure re-
covery for the oblique glottis. Those locations were near the
separation points for the convergent side, for which the sepa-
ration point is located near the initiation of the glottal exit
expansion. For the divergent wall, although the separation
point location moved upstream with increased transglottal
pressure, the 90% pressure recovery remained near the glot-
tal exit rounding or further downstream past the glottal exit.
This finding was due to the pressures remaining relatively
reduced through the glottal exit~Fig. 8!.

IV. DISCUSSION

A. Pressures

The pressure distributions and flow visualization results
for the symmetric glottis appear mutually consistent. The
pressures on the two sides of the glottis were essentially the
same at the minimal glottal diameter~tap 6!. Pelorsonet al.
~1995! and Hofmans~1998! also used a physical model of a
glottis with a 10-degree divergence and a rounded entrance
and exit. The pressure results between that model and TM5
here are consistent in that they both found that the pressure at

FIG. 8. Pressure distributions for oblique cases~both sides of the glottis!
obtained using TM5. Pressures are scaled to human values. The pressure tap
numbers are indicated and correspond to the taps shown in Fig. 2~b!. See
Fig. 5 caption for further explanatory details.

FIG. 9. ~a! Flow visualization image for the oblique case, 3 cm H2O ~TM5!.
The lower portion of the figure is downstream of the glottis. The vocal fold
on the right creates a convergent glottal side, and on the left a divergent
glottal side.~b! 5 cm H2O. ~c! 10 cm H2O. ~d! 15 cm H2O.
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the minimal diameter location was the same on the two sides
of the glottis. The results here, however, show different
cross-channel pressures downstream of that location~the
other model was not used to obtain those pressures!. The

flow separated approximately 0.02 cm past the minimal di-
ameter location~tap 6! ~Table II!, which is upstream of tap 7
~located 0.0402 cm from tap 6!. At the location of tap 7 the
cross-channel pressures were seen to be different, being
lower on the wall where the flow was still attached~Fig. 5!.
The lower pressure on the flow wall was maintained through-
out the glottis and just downstream of the glottal exit for the
transglottal pressures of 5, 10, and 15 cm H2O ~the pressures
on the two sides were the same for the 3 cm H2O condition,
even though the flow in the glottis was skewed!.

It is noted that the false vocal folds were excluded in this
study. If they were present and if the gap between the two
false folds were narrow enough, the glottal flow may
straighten instead of skew~‘‘guided’’ by the false fold gap!,
and the intraglottal pressures may become more similar on
the two vocal folds.

The results for the oblique case were highly affected by
the slant of the glottal duct. Unlike the symmetric case, the
oblique glottislackedflow separation near the entrance ex-
cept for the highest flow and pressure condition. The large
cross-channel pressure difference at glottal entry~Fig. 8! was
therefore due to the obliquity itself, with higher pressures on
the convergent side. Also unlike the symmetric case, the
pressures from taps 8–11 were almost identical except for
the largest transglottal pressure of 15 cm H2O, where the
separation was upstream of tap 8; flow separated from the
divergent wall, and pressures on the divergent side were
slightly higher than on the convergent wall.

Hofmans ~1998! studied an oblique glottis for which
pressure differences at glottal entry were also found. The
divergent angle was 15 degrees and the obliquity was 7.5
degrees, with both sides being divergent~5 and 10 degrees,
respectively!. The glottis diameters were 0.105 and 0.343 cm
~which scale to about 0.042 and 0.137 cm in human values
using a scaling factor of 2.5!. He used a flow pulse lasting
approximately 30 ms. During the mid-pulse portion, the

TABLE IV. Separation point locations and 90% pressure recovery locations for case~b!, the oblique glottis with
a divergence angle of 10 degrees. The ‘‘computational’’ separation point locations are those reported in Scherer
et al. ~2001b! using the FLUENT computational software.

Transglottal
pressure

drop
~cm H2O)

Separation on
convergent wall~cm!

Convergence: 90%
pressure
recovery
location

Separation on
divergent wall~cm!

Divergence: 90%
pressure
recovery
locationTM5 Computational TM5 Computational

3 0.22 0.16 0.21 0.20 0.11 0.22
5 0.22 0.15 0.23 0.15 0.09 0.22

10 0.22 0.23 0.22 0.07 0.07 a

15 0.22 0.23 0.24 0.02 0.07 a

aPressures rose to 90% pressure recovery downstream of the glottal exit.

FIG. 10. Schematic of the flow details for case~b! ~asymmetric glottis!. See
caption for Fig. 7 for details.

TABLE V. Glottal jet characteristics~human size! for case~b! ~TM5!, the
oblique glottis with a divergence angle of 10 degrees.

Transglottal
pressure drop

~cm H2O)
Skew angle
~degrees!

Jet width
~cm!

Jet length
~cm!

3 69 0.08 0.60
5 75 0.07 0.26

10 78 0.05 0.22
15 80 0.04 0.13
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pressures on the two sides at the minimum diameter were
slightly different, also suggesting that the asymmetric geom-
etry ~and perhaps a Coanda effect! helped determine the
pressure differences.

The cross-channel pressure differences on the glottal
exit expansion~tap 12!, on the top of the vocal fold~tap 14!,
and in the side wall just downstream of the glottal exit plane
~tap 15! were opposite between the two cases. For the sym-
metric case, the pressures at those locations were always less
on the flow-attachment side. For the oblique case, however,
the pressures from taps 12–15 weregreater on the flow-
attachment~impingement! side of the glottis, which was the
convergent side. These results were consistent with the com-
putational fluid dynamics results in the Schereret al. ~2001b!
study.

B. Separation points and pressure recovery

Lucero~1999!, noting the work of Pelorsonet al. ~1994!
for symmetric glottal flow, suggested that the flow in the
symmetric glottis would remain symmetric and separation
would take place from both sides of the glottis at a location
where the area was approximately 1.3 times the minimal
glottal area. This area ratio to determine flow separation lo-
cation need not be constant. If~a! the flow were symmetric in
the glottis,~b! the pressure in the glottis at the point of sepa-
ration equaled the pressure further downstream,~c! the loss-
less steady flow Bernoulli equation were used, and~d! the
downstream pressure were assumed to be atmospheric, it is
straightforward to show that

ds /dm5~12P6 /Pt!
0.5, ~1!

whereds /dm is the ratio of the glottal diameter at the sepa-
ration point to the minimum glottal diameter,P6 is the pres-
sure at the minimum diameter~tap 6!, and Pt is the trans-
glottal pressure. This equation allows an estimate of the axial
location of the separation points for a diffuser. Using the
pressure data of this study, the range of estimatedds /dm

would be approximately 1.11 to 1.17, yielding an axial dis-
tance of 0.025 to 0.039 cm from the minimum diameter lo-
cation, being shorter for higher transglottal pressures. The
low end of these estimations is fairly representative for the
separation on the nonflow wall only~0.02 cm, Table II!. Us-
ing laminar assumptions in the computational software FLU-
ENT ~Fluent, Inc., Lebanon, NH! for symmetric flow in the
glottis, the separation point moved upstream as transglottal
pressure increased~0.131 to 0.094 cm, for 3 to 15 cm H2O;
see Table II!. This computational result suggests that if the
flow were symmetric in the glottis, higher transglottal pres-
sures would move the separation point toward the entrance in
the divergent glottis, but not as far upstream in the glottis as
suggested by Eq.~1!. On the other hand, applying Eq.~1! to
his data for a 10-degree diffuser glottis, Hofmans~1998!
showed that the separation point moveddownstreamin the
glottis as flow increased, rather than upstream. This finding
is most likely due to the use of higher transglottal pressures
and the tendency toward turbulent flow compared to the flow
in the present study.

The use of Eq.~1! to estimate the separation point as-
sumes that the pressure in the glottis at the location of sepa-

ration is the same as downstream of the glottis. This is highly
questionable, however. Flow separation would be expected
somewhere between taps 6 and 8 in our model, but the pres-
sures are rising within and past this range.@Hofmans~1998!
also pointed out the incorrect assumption that the pressure at
the separation location is equal to the downstream pressure.#
AssumingPs , the pressure at the separation location, was
not the same as downstream,P6 /Pt in Eq. ~1! would be
replaced by (P62Ps)/(Pt2Ps) in the expression given
above. This new expression would result in separation points
occurring even more upstream in this study~and less than
0.006 cm from T6!. Indeed, the results for model TM5, for
both the symmetric and oblique glottis, suggest that the lo-
cation of separation points is not sufficient to predict intra-
glottal pressures for glottal flows that are not symmetric~see
Tables II and IV!. One needs to examine the pressures them-
selves in the attempt to develop rules for intraglottal pres-
sures.

The measured separation point locations for the oblique
glottis are compared to those obtained using FLUENT in
Table IV. The separation point locations on both glottal walls
were similar for the 10 cm H2O transglottal pressure. The
general trend for the divergent wall was similar for both
approaches in that the separation points were more upstream
for higher transglottal pressures. For the convergent wall and
3 and 5 cm H2O, the empirical separation points were more
downstream. It is noted that the downstream pressure bound-
ary condition used with FLUENT was specified as a uniform
pressure distribution, whereas the complex flow patterns
shown in Fig. 10 would suggest otherwise, apparently en-
hancing the inaccuracy of the predicted separation point lo-
cations at lower, less inertial, flows.

C. Glottal jet

The width of the jet at the glottal exit plane changed
only slightly for the symmetric case~from 0.05 cm at the
lower three transglottal pressures to 0.04 cm at 15 cm H2O,
Table III!. This width is consistent with the size of the mini-
mal diameter~0.04 cm! with slight expansion of the jet for
the lower transglottal pressures. The width of the jet was
considerably greater for the oblique case, however, being
0.08 cm for the 3 cm H2O condition, decreasing gradually to
0.04 for the 15 cm H2O condition ~Table V!. A wider jet
should have lower average velocity but a greater chance to
interact with the edges of the false vocal folds. A recent
study on false vocal fold geometry~Agarwalet al., in press!
suggests that for the 3 cm H2O condition and average dimen-
sions for the false vocal fold region, the jet would impinge
on the medial edge of the false vocal fold. Interaction of flow
jets and the false vocal folds may create sound sources
~Zhang et al., 2002!. The results here suggest that higher
transglottal pressures would move the jet more medially,
away from the false fold edges.

The length of the laminar core of the glottal jet up to the
jet expansion suggesting turbulence extended into the supra-
glottal duct between 0.09 and 0.60 cm, taking data across
both cases~Tables III and V!. The distance decreased as the
flow increased@Hofmans~1998! showed hot wire measures
within and downstream of a glottis demonstrating the change
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from nonfluctuating to highly fluctuating velocities as the
hot-wire was moved outside the glottis#. Assuming the jet
length characteristics were to obtain when the false folds are
present, the transition to the turbulent regime would take
place essentially at or upstream of the ventricular folds. The
average distance from the glottal exit to the minimum diam-
eter between the ventricular folds for male nonsingers is ap-
proximately 0.5 cm~s.d. 0.11 cm! ~Agarwal et al., in press;
see also Wilson, 1972!. Therefore, the acoustic effect of the
ventricles may come into play relative to the near-field
acoustics of the turbulence of the glottal jet. The length of
the core of the glottal jet of this study is also consistent with
hot-wire measures of glottal flow approximately 1 cm above
the exit of the glottis for vibrating tissue models; modulated
turbulence has been reported at this location~Berke et al.,
1989; Alipour and Scherer, 1995; Bielamowiczet al., 1999!.

D. Coanda effect

The works by Pelorsonet al. ~1995! and Hofmans
~1998! have added significant empirical information on dy-
namic flows and pressures in static glottal models. A primary
conclusion pertinent to this study is that the Coanda effect
~flow skewing to one side within divergent ducts! takes too
long to develop and therefore should not exist in the diver-
gent glottis~also see Hirschberget al., 1996!, suggesting that
nearly symmetric flows only should exist. The conclusion
comes from studies using rapidly increasing volume flows
through divergent glottal models. However, during phonation
the glottis begins to take on a divergent shape only near the
peak of the glottal flow. It may be at this point in the cycle
when the Coanda effect may have the best chance to form. It
is noted that Figs. 11 and 14 in Hofmans~1998!, showing
transglottal and intraglottal~minimum diameter! pressures
for a 20-degree divergent glottis, suggest that once the vol-
ume flow acceleration decreases sufficiently, the Coanda ef-
fect takes place very quickly~within 1–2 ms!. Furthermore,
Iijima et al. ~1992!, using computational and electrical ana-
log models, determined that for an instantaneous pressure
change, the asymptotic pressure was reached typically within
1 ms, being faster for higher transglottal pressures and
smaller minimum diameters. Their results suggest that the
establishment of the aerodynamics within the glottis is rapid,
and dependent upon the glottal inductance. This may include
the presence of the separated flow~about which they did not
report!. In general, then, it is still open as to the presence and
influence of the Coanda effect in phonation.

V. CONCLUSIONS

Using a Plexiglas, nonmoving model of the larynx~en-
larged by a factor of 7.5!, this study examined the steady
flow glottal wall pressures and air movement for a symmetric
and an oblique glottis having an included divergent angle of
10 degrees, a minimal glottal diameter of 0.04 cm~human
size!, rounded entrance and exit, and an axial length of 0.30
cm ~human size!. The model was made with 13 pressure taps
on both vocal folds. Flow visualization was made possible

by use of seeded airflow and a LASER sheet pointed toward
the glottis from downstream of the glottis. Results indicated
the following:

~1! The glottal wall pressures for both the symmetric and
oblique glottis for the 3, 5, 10, and 15 cm H2O transglot-
tal pressure drop cases were well within 2% of those
studied in an earlier experiment, for which this study
was therefore a strong replication. The method of obtain-
ing the pressures on both sides of the glottis by manually
changing the airflow path in the earlier study was vali-
dated. Airflow was pushed in this study and pulled in the
earlier study, also validating either method of creating
pressure drops in laryngeal models.

~2! The cross-channel wall pressure differences were not the
same for the symmetric and oblique glottal cases. For the
symmetric glottis, pressures were higher on the nonflow
wall of the symmetric glottis~except for the condition of
3 cm H2O transglottal pressure, for which pressure dif-
ferences could not be detected!, and were lowest at the
minimal glottal diameter. For the oblique glottis, pres-
sures were higher by 27% of the transglottal pressure in
the glottal entrance region on the convergent side. There-
fore, obliquity created a change in the pressure patterns
and values especially in the glottal entrance region.

~3! Flow from the symmetric glottis discharged into the
downstream rectangular duct asymmetrically; the direc-
tion of the flow jet moved more toward the geometric
axis of the glottis as flow rate increased. The direction of
the glottal jet from the oblique glottis also varied with
flow rate, moving across the geometric axis of the glottis
with flow increase. Small jet oscillation was present at
the glottal exit for both the symmetric and oblique cases.

~4! Flow separated consistently from one side of the sym-
metric divergent glottis with essentially negligible move-
ment of the separation points. Glottal obliquity, however,
created a strongly contrastive separation phenomenon.
Flow separated from the divergent side at a point that
progressively moved upstream as flow rate increased.
The glottal wall pressure at the location of flow separa-
tion was always less than the pressure at the glottal exit
~or further downstream!.

~5! The length of the laminar core of the glottal jet decreased
as transglottal pressure increased. The length of the core
for pressures above 3 cm H2O was less than the expected
distance from the glottis to the minimal width location
between the false vocal folds, suggesting that the turbu-
lent noise from the glottal jet may excite the expansion
chamber formed by the bilateral ventricles between the
true and false vocal folds.

The results suggest that the aerodynamic and aeroacous-
tic study of phonation should take into consideration the ef-
fects of oblique glottal shapes that may occur during phona-
tion. The current report suggests that the driving forces on
the two vocal folds may be different for symmetric glottal
shapes compared to oblique glottal shapes having the same
angle and minimal diameter, and that acoustic glottal jet ef-
fects may depend upon glottal obliquity and flow rate.

496 J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Shinwari et al.: Flow and pressure in a divergent glottis



ACKNOWLEDGMENTS

This research was supported by NIH Grant No. 1 R01
DC03577 from the National Institute on Deafness and Other
Communication Disorders. We would like to thank Professor
Terry Ng for his suggestions concerning flow visualization,
Larry Cousino for help in the machine shop, Bogdan Kucin-
schi for his assistance, and the reviewers for their helpful
suggestions.

1The Reynolds number was defined as Re5Dh*V/n54*U/(P*n), whereDh is
the hydraulic diameter~four times the cross-sectional area divided by the
perimeter!, V is the mean velocity at the location of the minimal glottal
diameter,n is the kinematic viscosity,U is the volume flow, andP is the
perimeter of the glottis at the minimal diameter.
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The synergy between speech production and perception
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Speech intelligibility is known to be relatively unaffected by certain deformations of the acoustic
spectrum. These include translations, stretching or contracting dilations, and shearing of the
spectrum~represented along the logarithmic frequency axis!. It is argued here that such robustness
reflects a synergy between vocal production and auditory perception. Thus, on the one hand, it is
shown that these spectral distortions are produced by common and unavoidable variations among
different speakers pertaining to the length, cross-sectional profile, and losses of their vocal tracts. On
the other hand, it is argued that these spectral changes leave the auditory cortical representation of
the spectrum largely unchanged except for translations along one of its representational axes. These
assertions are supported by analyses of production and perception models. On the production side,
a simplified sinusoidal model of the vocal tract is developed which analytically relates a few
‘‘articulatory’’ parameters, such as the extent and location of the vocal tract constriction, to the
spectral peaks of the acoustic spectra synthesized from it. The model is evaluated by comparing the
identification of synthesized sustained vowels to labeled natural vowels extracted from the TIMIT
corpus. On the perception side a ‘‘multiscale’’ model of sound processing is utilized to elucidate the
effects of the deformations on the representation of the acoustic spectrum in the primary auditory
cortex. Finally, the implications of these results for the perception of generally identifiable classes
of sound sources beyond the specific case of speech and the vocal tract are discussed. ©2003
Acoustical Society of America.@DOI: 10.1121/1.1525288#

PACS numbers: 43.70.Bk@KRK#

I. INTRODUCTION

A remarkable aspect of speech is the robustness of its
intelligibility despite the enormous variability of the acoustic
features associated with the signal. In our normal everyday
experience, a common utterance can be produced by speak-
ers with a broad range of vocal tract shapes, dimensions, and
dynamics, yet it is likely to be perceived as different voices,
rather than as different words. This robustness can be attrib-
uted to many different factors, including the categorical per-
ception of speech segments, contextual effects~Ladefoged
and Broadbent, 1957!, the role of inference from linguistic
context.

However, a separate factor contributing to robustness is
the innatetoleranceof the auditory perception of certain sys-
tematic deformations of the acoustic signal. For instance,
male and female speakers differ considerably in the length of
their vocal tracts, leading to a systematic divergence of
acoustic features between genders, such as a general upward
shift of female formant frequencies. This trend rarely affects
speech intelligibility, yet it is devastating to automatic speech
recognition systems unless specific measures are employed
such as the use of speaker-adaptation techniques with delta
or double-delta cepstral features~Lee et al., 1992!. The ro-
bustness of auditory perception to changes in vocal-tract
length may stem in large part from the way which affects the
acoustic spectrum as represented along thetonotopicaxis of
the cochlea. Specifically, thetonotopicaxis is approximately

logarithmic in frequency ~Greenwood, 1961; Moore and
Glasberg, 1983!. Consequently, linear dilations of the acous-
tic spectrum such as those caused by vocal-tract-length
changes~Fant, 1960!, appear as simple translations which do
not alter the shape of the acoustic spectral pattern along the
tonotopic axis.

In this spirit, one may ask whether there are other spec-
tral deformations that are perceptually tolerable because of
the way they are represented in the auditory system. If so,
what sources of variability do they reflect in the vocal tract?
And finally, how might this relate to the functional organiza-
tion of the auditory system and to the broader issue of
synergy that potentially exists between the vocal tract that
generates the message and the auditory system that decodes
it?

Recent investigations into the functional organization of
the primary auditory cortex~AI ! have suggested the exis-
tence of at least three axes related to the representation of the
monaural acoustic spectrum:~1! The tonotopic axis: This is
the best known and studied, and has its origins in the co-
chlear analysis of acoustic frequency~Merzenich, Knight,
and Roth, 1975!. ~2! A bandwidth axis: At each frequency,
the sharpness of tuning~or equivalently, the bandwidth of the
frequency analysis! varies systematically and topographi-
cally from sharp tuning near the center of the AI to broad
tuning towards the edges~Schreiner and Mendelson, 1990!.
~3! An asymmetry axis: At each frequency and bandwidth the
edgesof tuning curves exhibit a range of relative asymmetry,
ranging from~a! steep, high-frequency slopes, to~b! sym-

a!Present address: Cybernetics InfoTech, Inc., 15245 Shady Grove Road,
Suite 190, Rockville, Maryland 20850.
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metric to ~c! steep, low-frequency slopes in different cell
populations~Shammaet al., 1993!.

Acoustic spectra elicit response patterns in AI along all
three dimensions. Therefore, we postulate~by analogy to the
tonotopic axis translations associated with changes in vocal
tract length! that there are other specific spectral distortions
that result only in translations along either the bandwidth or
asymmetry axes, and which do not otherwise cause a signifi-
cant change in excitation pattern. We further hypothesize that
auditory perception of these distortions,and by extension of
the vocal-tract-parameter variations from which they arise,
is relatively invariant~or robust!. We elucidate in this paper
the production mechanisms that give rise to these kinds of
spectral changes. We then proceed to relate them to the ro-
bust perception of speech, specifically to the identification of
relatively static American English vowels. We focus here on
static spectra because we have excluded from consideration
of dynamic spectral representations in the cortex, such as
those encoding spectral FM and AM rates~Schreiner and
Calhoun, 1994; Shamma, Versnel, and Kowalski, 1995!.

This paper is organized as follows. We shall first de-
scribe a model of the vocal tract that is sufficiently detailed
to capture the rich variety of vocal-tract shapes observed, yet
is simple enough to have closed-form solutions and an intu-
itively interpretable structure. In Sec. III, we illustrate the
relationship between the model parameters, their spectral
outputs, and the perception of natural American English
vowels. We then use the model to synthesize the vowels and
test identification of these signals in relation to variations in
the model parameters. In Sec. IV, we relate model parameters
to three common spectral distortions that are shown in Sec. V
to correspond to translations along each of the three repre-
sentational axes of an auditory cortical model. Section VI
summarizes the main thesis of the paper, that perceptual ro-
bustness to certain spectral distortions reflects a synergy be-
tween vocal production and perception.

II. A SINUSOIDAL MODEL OF THE VOCAL TRACT

There has long been considerable interest in modeling
speech in terms of vocal-tract articulatory parameters, as
well as the inverse problem, that of determining the shape of
the vocal tract from the utterance dynamics~Atal et al.,
1978; Ladefogedet al., 1978; Wakita, 1973; Gopinath and
Sondhi, 1970; Schroeder, 1967!. In most production models
the vocal tract is viewed as an acoustic filter which modifies
the spectrum of the signal produced by vibration of the vocal
folds. Some models characterize the vocal tract as a seg-
mented tube in order to capture fundamental properties of the
vocal-tract transfer function~Fant, 1960; Stevens, 1989; Ba-
din et al., 1990!. Others describe the articulatory structures
more explicitly as in Lindblom and Sundberg, 1971; Rubin,
Baer, and Mermelstein, 1981; Maeda, 1990.

Our point of departure is a model proposed by Lade-
foged and colleagues~Ladefogedet al., 1978; Harshman,
Ladefoged, and Goldstein, 1977! designed to calculate the
tongue-shape deviation from a neutral shape by tracing x
rays recorded during the pronunciation of ten American En-
glish vowels. The vowels were@{#, @(#, @e#, @}#, @,#, @~#, @Å#,

@Ç#, @)#, @É# as in ‘‘heed, hid, hayed, head, had, hod, hawed,
hoed, hood, who’d,’’ and were recorded within sentences of
the form ‘‘Say h~vowel!d again.’’ A single frame of record-
ings was chosen~either from the most steady-state part of the
second formant or approximately 30 ms after the first conso-
nant! for analysis. The model divides the vocal tract into 18
approximately equal-length sections, as shown in Fig. 1~a!. A
distance,d( i ), is defined from the palatal surface~upper sur-
face of the vocal tract! to the tongue for eachi th section
~except fori 517 and 18! as

d~ i !5d~ i !1dneu~ i !, ~1!

wheredneu( i ) is the neutral position@mean position of the
tongue, Fig. 1~b!#, andd( i ) is the deviation from the neutral
position @Fig. 1~a!#. Ladefoged’s group conducted a three-
way principal-component and factor analysis~PARAFAC! of
tongue positions for different vowels, and concluded that the
tongue shape can be well described by two separate factors,
t1 and t2 ~especially fori 54,...,16) as shown in Fig. 1~c!.
The total distance can then be expressed as

d~ i !5w1t1~ i !1w2t2~ i !1dneu~ i !, ~2!

wherew1 and w2 are the two weights~computed for each
vowel based on the formants associated with the model!.

The two functions,t1( i ) andt2( i ), resemble two single-
cycle sinusoids with a sine and cosine spatial phases~but
both forced towards zero asi goes to 1 at the glottal end!.
The neutral positiondneu( i ) is of relatively smaller amplitude
and resembles a three-cycle sinusoid. Since any weighted
sum of the single-cycle sinusoids still resembles a sinusoid,
then the total distanced is approximately a single-cycle si-
nusoid added to a smaller three-cycle sinusoid. This three-
cycle sinusoid, however, affects mostly the locations of the
third and the fourth formants~see Ehrenfest’s theorem in
Appendix A!. Therefore, ignoring the variations due to this
dneu leads to a simplified vocal tract model with a single
sinusoidal~log! cross-sectional areaA(x), along with an ar-
bitrary amplitude (a) and phase~u!

A~x!5A0ea cos(2pnx/ l 1u), ~3!

wheren is the normalized spatial frequency of the sinusoid,
andA0 is the reference area of the uniform vocal tract. Note
that the normalized spatial frequency specifies the number of
cycles in the region 0<x< l . Furthermore, we include an
exponentially decaying term to account for the constraint at
the glottis where the perturbation must always stay at zero.

The overall area function of the vocal tract model is
therefore given by

A~x!5A0ea(cos(2px/ l 1u)2cosue2b(x/ l )s
), ~4!

with the added perturbation

dA~x!/A052a cosue2b(x/ l )s
, ~5!

where the decay rateb.0 and the scaling powers>1.
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Results of simulations with the full model are shown in
the nomograms of Fig. 2~a! ~solid lines!, where the spatial
phase,u, is varied over its full range, whileA055 cm2, b
516 ands52.1 The simulations assumed a 17.5-cm-long

lossless tube divided into 18 uniform sections. Acoustic in-
ertance (La), and compliance (Ca) per unit length are com-
puted for each section~Flanagan, 1972!. The transfer func-
tion of the vocal tractV( f ) ~and hence the formant tracks! is

FIG. 1. The Ladefoged model of the vocal tract.~a! A schematic of a simplified vocal tract with several sections~indexed byi , and cross-sectional areas
parametrized by a tongue-to-palate distanced, a neutral distancedneu, and a deviation between the twod!. ~b! The distance,d, of a neutral vocal tract as a
function of section index,i . ~c! The deviation,d, as a function of section index,i , for the first and second factors that emerge from PARAFAC analysis of all
vowels ~see the text for details!. The two functions resemble sine and cosine waves with a forced-zero deviation~boundary condition! at the glottis (i
51).
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then calculated based on the equivalent electrical circuit.
A useful approximation of the model computations can

be derived based on Ehrenfest’s theorem as described in de-
tail in Appendix A. In this simplified formulation, changes in
the formant locations can be directly related to the param-
eters of the model, especially the articulatory parametera.
Specifically, Appendix A equations~plotted as dashed lines
in Fig. 2! reveal that for small perturbations (a,1) the ap-
proximation is quite accurate, but it gradually deteriorates for
larger perturbations (a.1) as shown in Fig. 2~b!.

Another important property of the model is illustrated by
the nomograms of Fig. 3. Each nomogram is for 0,a,1.5
at a fixedu. The rate and direction of formant dilation~in-
ward or outward! depends on theu value, and is approxi-
mately linear with parametera as shown in the figures. Since
higher formants remain fixed~a consequence of the single
sinusoidal simplified model!, these shifts can be described as
a local dilation ~compression foru5 p/2 and expansion for
u52 p/2) of the spectrum. These results are explicitly de-
rived from Eq.~A5!, where the deviation ratio is proportional
to the perturbation amplitude and the following approxima-
tion d logFi'dFi /Fi is valid for moderate degrees of pertur-
bation. As we shall discuss in detail in Sec. IV, this type of

spectral dilation is a special case of distortion that is consid-
ered perceptually tolerable.

A. Relating the sinusoidal model to Ladefoged’s
model

The sinusoidal model can be explicitly related to bases
functions (t1 and t2) by rewriting the normalized perturba-
tion in Eq. ~4! as

dA~x!/A05v1t1~x!1v2t2~x!, ~6!

where

v15a cosu⇒2w1 ,

v25a sinu⇒2w2 ,
~7!

t1~x!5cos~2px/ l !2e2b(x/ l )s⇒2t1 ,

t2~x!52sin~2px/ l !⇒2t2 .

The variables,v1 and v2 , control the modified cosine part
and the negative sine part, respectively, of the logarithmic
area function. Compared to Ladefoged’s model@see Eq.~2!

FIG. 2. The spectra generated by the
sinusoidal vocal tract model.~a! The
spectra produced by the model as a
function of the phase of the sinusoidu,
which corresponds to the location of
the constriction along the tract. The
amplitude of the sinusoidal cross sec-
tion is controlled by the parametera
which is set to a moderate value in this
plot (a50.5). The dashed lines depict
the estimated formant locations using
Ehrenfest’s theorem approximation.
The correspondence between the esti-
mated and computed peak frequencies
is excellent. ~b! The correspondence
between estimated and calculated
spectral peak frequencies deteriorates
with increasinga values (a51.5).

501J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Ru, Chi, and Shamma: Synergy between production and perception



and Fig. 1#, v1 is analogous to2w1 andv2 to 2w2 . There-
fore, v1 can be viewed as aback-raising factorwhereasv2

can be viewed as afront-lowering factor. In addition, the
constriction area,Ac , and the constriction location,Xc , can
be written in terms ofa andu, respectively, as

Ac5e2aA0 , ~8!

Xc5S 1

2
1

u

2p D l . ~9!

In the following section, we relate these vocal-tract pa-
rameters directly to spectral features important in the char-
acterization of speech, especially vowels.

III. REPRESENTATION AND IDENTIFICATION OF
NATURAL AND SYNTHESIZED VOWELS

To relate the vocal-tract model to speech, it is important
to characterize it in terms of the spectral resonance patterns it
generates. In the sinusoidal model the formants are deter-
mined both by the perturbation amplitude,a, and the angle,
u, as depicted in Figs. 2 and 3. These parameters also imply

a relationship betweenv12v2 and the formants as displayed
in Fig. 4. The first formant ranges between 0.2 and 0.75 kHz,
while the second formant ranges from 1 to 2.4 kHz. This
formant range approximately matches that observed for the
human vocal tract as shown in Table I.

Using such data, we can assign different vowels to dif-
ferent ranges ofa andu. The results of such an assignment
derived from thousands of vowels from the TIMIT corpus
are illustrated in Fig. 5. The large vowel symbols are placed
at the center of each vowel’s distribution. It is evident that
the vowels subdivide only a portion of the full range of pos-
sible vocalic categories within the circle. It is also clear that
each vowel occupies arange of parameter values, and not
simply one specific value, i.e., there are certain spectral
variations ~or distortions! that are deemed inconsequential
for the identity of a vowel. We hypothesize that these spec-
tral distortions are perceptually tolerable3 partly because~i!
they reflect vocal-tract parameter variations that are natural,
common and difficult to control, and~ii ! because their audi-
tory representations are invariant in the sense described ear-
lier in the introductory section. We shall address in Sec. IV

FIG. 3. The vowel spectra generated by the sinusoidal vocal-tract model as a function ofa andu. Within each of the four different classes of vowels@acute,
compact, grave, and diffuse!2# a range of spectra is possible, depending on the degree of vocal-tract constriction~or value ofa). Vowels exhibit the largest
distinctions for large values ofa. Vowels converge to the neutral tube position asa decreases.
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the articulatory relationship, and touch upon the auditory as-
pects later in Sec. V. But, first we discuss in further detail the
perceptual tolerance of these vowels using tokens synthe-
sized with the vocal-tract model directly.

A. Identification of synthesized vowels

To explore the organization of the entire perceptual
space afforded by the vocal-tract model, we carried out the
following psychoacoustic experiment to partition the
(v1 ,v2) @or equivalently the (a,u)] space into differentsyn-
thesizedvowels. The experiment consisted of using the

model to generate sounds with all possible formant combi-
nations and then asking subjects to identify the sounds as one
of eleven vowels, as described in detail below.

1. Stimuli and methods

For each stimulus, the area function of the vocal tract
A(x) is generated by Eq.~4! (A055 cm2) for a randomly
chosen 0,a,2 and 0<u,2p. The 17.5-cm-long lossy
tube is then divided into 18 uniform sections. Acoustic iner-
tance (La), resistance (Ra), compliance (Ca), and conduc-
tance (Ga) per unit length are computed for each section,
and the radiation load at the lips is approximated by a paral-
lel connection of a radiation resistance (Rr) and inductance
(Lr).

4 The transfer function of the vocal tractV( f ) is calcu-
lated based on the equivalent electrical circuit. The excitation
signal, with a fundamental frequency of 120 Hz, is generated
according to Rosenberg’s model~1971!, and then filtered by
the transfer functionV( f ). Signals are computed and
sampled at 16 kHz, then are gated by a 250-ms window
including a 20-ms rise/decay function, and delivered to the
subjects via a loudspeaker inside an acoustic chamber.

Eleven vowels were selected for the test~see Table I!,
viz., @~#, @,#, @ö#, @Å#, @}#, @]#, @#, @{#, @)#, @É#, and@X#. After
presenting the stimulus, a subject is asked to identify it as
one of the 11 vowels above or as ‘‘none-of-the-above.’’ Up to
three replays are allowed. Following a decision, the next
stimulus is presented 3 s later. A complete session consisted
of 100 trials and took approximately 15 min to complete.
Three subjects completed 600 valid trials. Two of the sub-
jects were native speakers of American English.

FIG. 4. Formant peaks (F1—solid
lines,F2—dashed lines in kHz! gener-
ated by the sinusoidal vocal-tract
model as a function of the Euclidean
parameters,v1 andv2 , corresponding
to the polar parametersa5Av1

21v2
2

andu5tan21(v2 /v1).

TABLE I. Formant frequencies for the vowels in the TIMIT corpus~male
speakers!. The first and second formants,F1 , F2 , are determined from a
smoothed magnitude spectrum of each vowel as in the spectral cross section
at a scale50.5 cyc/oct in Fig. 10. Each static spectrum is obtained by aver-
aging over a 24-ms central segment of the spectrogram of the vowel. Such a
choice reduces coarticulation effects from surrounding consonantal seg-
ments. The mean and standard deviation of the formant frequencies shown
in the table are calculated from all vowels (.62.5 ms) in all dialect regions
of the training set of the TIMIT corpus.

IPA symbol Typical word F1 F2

a ~hot! 6376112 11506188
æ ~bat! 600657 16606177
ö ~but! 560663 12316208
Å ~bought! 5896112 8616146
} ~bet! 531656 15786195
] ~ago! 459657 13616155
( ~bit! 439671 17656298
{ ~beet! 354667 21396234
) ~foot! 435637 12006245
É ~boot! 380647 10866138
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2. Results

The raw trial outcomes and the ‘‘smoothed’’ overall dis-
tribution of identified vowels from all three subjects are
shown in Fig. 6, along with background contours@Fig. 6~b!#
duplicated from Fig. 4 and superimposed upon the vowel
clusters. The cumulative results in Fig. 6~a! are typical of
each of the three subjects. In each panel, the distribution of a
vowel is shown together with its mean location~marked by
the appropriate vowel symbol!. Also indicated for compari-
son is the mean location of the TIMIT-corpus vowels from
Fig. 5 ~center of the distribution is indicated by an ‘‘3’’
symbol!.

The overall smoothed distribution in Fig. 6~b! is ob-
tained by selecting at each point in the circle the phonetic
symbol associated with the majority of responses within a
radial area of 0.1. The large vowel symbols are placed at the
center of each vowel’s distribution. This summary plot dis-
plays similar overall patterns for each vowel as those seen in
the raw data. Three important observations can be made
about the results in Fig. 6.

~1! Vowel clusters are contiguous.
~2! Vowel clusters tend to ‘‘radiate’’ out from the center to-

wards the perimeter of the circle.

~3! Going clockwise around the circle (u50→2p) at a ra-
dius a.0.5, one encounters the vowel series@}#, @,#,
@~#, @Å#, @)#, @É#, @X#, @{#, and@(#. Towards the center, the
vowels begin to blend into the more neutral vowels@]#
and @ö#.

3. Discussion

The synthesized vowel map of Fig. 6 roughly matches
that of the natural vowels in Fig. 5 earlier. Specifically, the
center of each vowel’s distribution are at approximately
similar locations on the two maps. Furthermore, as with the
natural vowels, there is a broad range of parameter values
perceived as the same vowel, particularly~though not exclu-
sively! along the radial axis. There is one prominent differ-
ence between the two maps: natural vowels are more
crowded towards the top of the circle, leaving the bottom
half of the vowel circle empty. This is because the natural
vowel set had no vowels with such formant combinations.
By contrast, the synthesized vowel set does contain these
‘‘novel’’ combinations, and listeners either extended the@{#,
@É# labels to fill up part of the lower half-circle, or identified
these vowels as@X#, which was not in the natural set~for
American English!.

FIG. 5. The distribution of ten American English vowels~extracted from the TIMIT corpus, male speakers! as determined from the formant frequencies (F1
andF2) and hence indirectly as a function of model parametersv1 andv2 . The labels are situated at the center of each vowel’s distribution as described in
the text.
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IV. TOLERABLE AND COMMON SPECTRAL
DISTORTIONS

We have hypothesized that there are certain common
spectral distortions that are perceptually tolerable in that they
do not change the identity of the vowels. We suggested that
these distortions may correspond, on the one hand, to spe-
cific commonly varying~or perhaps difficult to control! pa-
rameters of the vocal tract, and on the other hand, to an
invariant aspect in their auditory representation. Figure 7 il-
lustrates three types of such tolerable spectral distortions that
are readily related to the vocal-tract model. In the next sec-
tion we shall relate these three types of distortions to trans-
lations along the representational axes of the auditory cortex.

A. Relating articulation to common spectral
distortions

The first spectral distortion we address pertains to trans-
lations along the logarithmic frequency axis~or equivalently,
dilations in the linear frequency axis! as illustrated in Fig.
7~a!. These are related to changes in the length of the vocal
tract, l , which shifts the resonance of the vocal tract~Fant,
1960; Rabinder and Shafer, 1978!. This parameter changes
with age ~e.g., through childhood!, and is fairly variable
among individuals and is largely dependent on gender.
Speech intelligibility is nevertheless robust to this form of
spectral distortion. For instance, recent vowel recognition ex-
periments~Fu and Shannon, 1999! reveal that identification
is hardly affected by up to 2/3-octave shift of the spectrum

FIG. 6. The distribution of 11 identi-
fied vowels generated by the sinusoidal
vocal tract model for 0,a,2 and 0
<u,2p ~or the equivalent values of
v1 and v2). ~a! The cumulative distri-
bution of v1 and v2 associated with
each vowel label as reported by three
subjects. The labels are situated at the
center of each vowel’s distribution as
described in the text. The ‘‘3’’ sym-
bols mark the location of the TIMIT
corpus vowels distributions~Fig. 5! for
comparison.~b! A summary smoothed
distribution of the total results reported
by the three subjects. Vowels towards
the periphery ~larger a values! are
more distinctive, and span most vowel
labels as a function ofu. Towards the
centera50, the reported labels are as-
sociated with neutral vowels.
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despite the fact that formant locations are significantly al-
tered.

The second spectral deformation is an exponential dila-
tion or compression of the spectrum with respect to fre-
quency, or equivalently a linear dilation with respect tologa-
rithmic frequency as illustrated in Fig. 7~b!. Informal
listening to such distorted speech indicates that its main ef-
fect is a dramatic change in voice quality, but with relatively
little loss of intelligibility. Baskent and Shannon recently
tested the identification of such spectral distortions~Baskent
and Shannon, 2001!, reporting a maximum of 20% loss of
recognition~and less than that for consonant and vowel con-

fusions! with a spectral compression factor of 2/3.5

What kind of vocal-tract parameter variations might
generate such a linear spectral dilation along thelogarithmic
frequency axis? Figure 3 demonstrates that such ‘‘local’’ di-
lations occur in the transfer function of the sinusoidal model
as a function ofa ~while holdingu fixed!. The term ‘‘local’’
refers to the fact that in the panels foru5 p/2 (u52 p/2)
the spectra contract~and expand! around 800 Hz witha in-
creasing only locally, i.e., without too much effect on the
third and fourth formants. Normally,a might be relatively
constant for a given speaker, a factor that reflects the extent
to which the speaker articulates his/her speech~see below!.

FIG. 7. Three spectral distortions attributable to common vocal-tract variations.~a! Translation of a spectrum along the logarithmic frequency axis~or dilation
along the linear frequency axis! associated with vocal-tract length variations.~b! Dilation of the spectrum along the logarithmic frequency axis due to
variations in the overall constriction of the vocal tract.~c! Shearing~or tilting! of the spectrum along the logarithmic frequency axis associated with vocal-tract
losses, lip radiation, and microphone distortions.
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This ‘‘factor’’ is likely to be different across speakers de-
pending on acquired habits~e.g., dialect or speaking style!,
or innate causes such as overall size of the vocal tract.

It is also possible to produce a ‘‘global’’ dilation of the
entire spectrum by a geometric deformation of the vocal
tract. For example, if the uniform tube is replaced by an
exponential~or power law! tube reflecting some individual’s
unique vocal tract shape

A~x!5A0eax, for 0<x< l , ~10!

wherea is a real number which determines the openness of
the tube. It can be shown that such a tube has resonance
peaks that are dilated~or compressed! relative to a uniform
tube as elaborated in Appendix C~Ru, 2000!. By combining
this deformation with a change in length, it is possible to
have the spectral dilation centered about any arbitrarily cho-
sen frequency.6 In general, the speech of such a compressed
spectrum is perceived as that emanating from a vocal tract
that is held at an exaggeratedly open and elongated position
during production@as inA( l )54A0 in Fig. 11~a! of Appen-
dix C#. The expanded spectrum has the opposite character. It
is as if produced by a vocal tract that is held in a ‘‘narrow’’
posture during production@A( l )5A0/4 in Fig. 11~a!#. Note
that in this dilation both the overall location of the formants
and the extent of their frequency modulations are either com-
pressed or expanded.

Finally, the third spectral deformation is a ‘‘tilt’’ or
‘‘shearing’’ of the spectral pattern as depicted in Fig. 7~c!. In
the vocal tract such a spectral tilt may result from such fac-
tors as~a! acoustic radiation at the lips;~b! friction; and ~c!
thermal losses of the vocal tract, all of which lower the reso-
nant frequencies and reduce the peak amplitude with increas-
ing frequency. Opposing this trend are the yielding walls of
the vocal tract, which tend to raise the resonant frequencies
and increase the peak amplitude as a function of increasing
frequency. Spectral tilt can also be the result of voices with
different spectral slopes associated with the glottal source~an
average value of212 dB/octave for the roll-off!, and is also
common in engineering systems, either added intentionally
as in pre-emphasis, or unintentionally because of the variable
characteristics of different microphones and communication
channels. Clearly, such moderate degrees of spectral tilt
rarely have a significant effect on speech intelligibility.

In summary, we hypothesize that perceptual robustness
to certain spectral deformations reflects their unique origin as
attributable to common unintentional natural variations in the
length, cross-sectional profile, and overall tract losses among
different speakers. The perceptual robustness may also be
due to the fact that these specific distortions have limited
consequences upon the auditory representation of the spec-
trum, and are therefore not perceptually disruptive, as is dis-
cussed in Sec. V.

B. Relating robust vowel perception and vocal tract
variability

The results of the vowel identification experiments dem-
onstrate that vowels can be represented and synthesized by
the sinusoidal model in a manner that is consistent with pre-
viously known relationships~Fig. 5 vs Fig. 6!. They also

point to two fundamental insights into the relation between
production and perception that is discussed next.

The key observation concerns the relationship between
the vowels’ distribution@Fig. 6~a!# and the pair of articula-
tory parameters (a,u) of the sinusoidal model. As noted ear-
lier, an interesting feature of the vowel distributions in Fig.
6~a! is that, except for the neutral vowels, they tend to radiate
out from the central region of the circle. This implies that
vowel perception is relatively insensitive to variations in the
parametera. This may be explained in articulatory terms as
follows. In the vocal-tract model, the parametera is propor-
tional to the maximum amplitude of the sinusoidal constric-
tion. Intuitively, parametera reflects the ‘‘degree of expres-
sion’’ or the ‘‘clarity’’ of the articulatory movements. For
example, fixinga at a large value (.1) is intuitively equiva-
lent to speaking with an exaggerated motion of the tongue
and jaw, or causing the cross-sectional area at any location to
traverse large amplitudes from the open to close positions.
Consequently, the spectrogram of an utterance synthesized
with such a vocal tract will have exaggerated formant fre-
quency excursions as illustrated in Fig. 8. The opposite oc-
curs whena is small, where the vocal tract has a more con-
strained jaw and tongue. The resulting spectrogram exhibits
much smaller formant excursions. With this intuitive inter-
pretation in mind, it is understandable why varyinga affects
the quality of the speech but not so much its intelligibility.
These ideas share a similar outlook to what Lindblom calls
hyper- and hypoarticulation in the context of clear speech
~Lindblom, 1990!. Specifically, changing parametera during
conversation is one of many possible ways for speakers to
adapt their acoustic output according to communicative and
situational demands. Therefore, the parametera can be one
of many possible quantitative measures for the intraspeaker
phonetic variation addressed by the hyper- and hypoarticula-
tion theory.

V. CORTICAL PHYSIOLOGY AND PERCEPTUALLY
ROBUST SPECTRAL DISTORTIONS

It is possible that perceptual robustness to the spectral
deformations illustrated in Fig. 7 is partially attributable to
the nature of spectral representation in the primary auditory
cortex ~Shammaet al., 1993; Wang and Shamma, 1995!.
Specifically, it may be that applying these deformations on a
spectral pattern only causes simple translations of its audi-
tory representation, and hence does not affect its perception
in a fundamental way. To elaborate on this hypothesis, we
first briefly review a model of sound representation in the
auditory cortex~AI !, and then examine how it is affected by
the spectral deformations alluded to above~Fig. 7!.

Responses of cells in AI can generally be ordered ac-
cording to one of three common parameters depicted by the
response areashown in Fig. 9~a!. This plot illustrates the
response threshold~or the minimum signal intensity re-
quired! at each frequency to excite or suppress~i.e., inhibit!
the neuron. The first important parameter is thebest fre-
quency (BF)—the signal frequency to which the neuron is
most sensitive. Cells in AI~and all along the primary audi-
tory pathway! are topographically ordered with respect to
their BF, forming the well-known tonotopic axis. A key fea-
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ture of the tonotopic axis is its~approximately! logarithmic
representation of frequency as shown in Fig. 9~b!.

The second important parameter is width~or bandwidth!
of the overall response area~or just of its excitatory portion!.
The representative neuron in Fig. 9~a!, displays an excitatory
area~central white region! surrounded by ‘‘inhibitory side-
bands’’ ~shaded regions!. AI neurons tend to be organized
topographically along a ‘‘bandwidth’’~or scale! axis where
they gradually change their tuning from narrow to broad~in
terms of bandwidth!, and hence the scale of resolution~or
coarseness! of the spectrum they represent~Schreiner and
Mendelson, 1990!.

The third qualitative response area parameter is the de-
gree of asymmetry associated with the extent and strength of
the inhibitory sidebands. AI units are found with a wide
range of asymmetries, from balanced to highly one-sided,

with stronger inhibition above or below BF~Shammaet al.,
1993!.

These three parameters of the response area~BF, band-
width, and asymmetry! are also captured by theresponse
field (RF)of the neuron shown in the right panel of Fig. 9~a!.
The RF represents approximately how a neuron is driven by
an iso-intensity signal at different frequencies. Figure 9~c!
depicts the RF of neurons organized along each of these
three dimensions. If we take the centrally depicted RF as the
canonical RF@denoted byRF(x;xc ,Vc ,fc)], wherex de-
notes the tonotopic frequency in octaves,xc is the center of
the RF~which roughly corresponds to the BF!, Vc is a pa-
rameter related to the bandwidth of the RF, andfc deter-
mines the asymmetry of the RF. Details of the mathematical
formulation of this model are available in Appendix B. The

FIG. 8. Spectrograms of natural and
synthesized speech with different
model parameter values. The top spec-
trogram is of the natural utterance
‘‘ Come home right away’’ by a male
speaker. The second spectrogram is
synthesized, frame-by-frame with pa-
rameters (ai ,u i), which minimize the
Euclidean distance between natural
and synthesized spectra of framei .
The next two synthesized spectro-
grams are generated by modifying the
parametera. The first two formants
are traced~dashed lines! in each spec-
trogram. Acoustic waves are available
at http://www.isr.umd.edu/CAAR/
pubs.html
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RF transformations can be mathematically described as fol-
lows:

~1! The RFs translate by x0 along the tonotopic axis:
RF(x;xc2x0 ,Vc ,fc);

~2! The RFs dilate by V0 along the scale axis:
RF(x;xc ,Vc2V0 ,fc); and

~3! The RFsrotatewith anglef0 in Hilbert space along the
asymmetry axis:RF(x;xc ,Vc ,fc2f0).

It is unclear precisely what function is served by this
variety of RFs. One hypothesis is that arrays of neurons with
such variable RFs effectively compute amultiresolution~or
multiscale! representation. To see intuitively how this repre-
sentation arises, consider the spectrum of the vowel@a# ~as in
‘‘father’’ ! shown at the bottom of Fig. 10. We assume this
spectral pattern is extracted early in the auditory pathway
and is then projected to the primary auditory cortex. Cortical
cells tuned to different bandwidths will respond well only to

FIG. 9. The physiology of the primary auditory cortex~AI !. ~a! The response area of a typical neuron in ferret AI. The plot depicts the tone amplitudes and
frequencies needed to evoke an excitatory~the light-shaded region! or an inhibitory ~the dark-shaded region! neural response. In most cases, the central
response region is excitatory, with surrounding inhibitory sidebands. The response field~RF! roughly captures the strength of the excitatory and inhibitory
responses to an iso-intensity sinusoid as a function of frequency. Three important response properties are indicated: The best frequency~BF!, the excitatory
bandwidth, and the asymmetry of the inhibitory sidebands.~b! The representation of the auditory spectrum and the tonotopic axis. The sound spectrum is
extracted early in the auditory pathway, and is represented by responses of neurons with tonotopically ordered BFs forming the tonotopic axis. The tonotopic
axis in the auditory cortex becomes two-dimensional as depicted in the figure. Presumably other sound features are represented along the iso-frequency axis.
~c! The organization of the RFs along three cortical axes. Cortical cells exhibit a wide variety of RFs. Variations with respect to three specific parameters form
the three axes of the cortical representation of the spectrum. These are:~1! The BF along the tonotopic axis~from low to high!; ~2! The excitatory bandwidth
along the scale axis~from narrowly tuned, to broadly tuned!; ~3! The asymmetry of the inhibitory sidebands along the phase axisf ~from f050 to 2p; shown
are RFs from2p/2 to p/2!.
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spectral features commensurate with their bandwidth. Such a
response pattern is depicted in Fig. 10, where cortical RFs
are organized along three axes: according to their BF~ab-
scissa!, their bandwidth~ordinate!, and their asymmetry~in-
dicated by the arrows!. Broadly tuned RFs would represent
by their responses only the gross features of the spectral
profile. For instance, the strength of the responses of the
widest RFs~at the lowest scale ofVc50.25) capture only
the outline of the spectrum. Cells with progressively nar-
rower bandwidths capture finer features~peaks and valleys!.
Consequently, the cortical model simultaneously represents
the vowel spectral pattern at various degrees of resolution.
The same explanation applies to the representation along the
asymmetry axis depicted by the arrows in Fig. 10. Math-
ematically, such a multiscale representation is also known as
an ‘‘affine wavelet transform’’ of the auditory spectral pat-
tern, with the central RF in Fig. 9~c! being the canonical
basis function~or ‘‘mother wavelet’’! ~Wang and Shamma,
1995!.

Assuming such a cortical representation of the spectrum,
it is possible to show analytically~Appendix B! that the three
types of spectral deformations~shown in Fig. 7! are unique
in that they cause a translation of the cortical model response
along each of its axes. Thus, a linear dilation of the spectrum
with respect to frequency@Fig. 7~a!# causes a simple trans-

lation of the cortical response along the tonotopic~logarith-
mic! frequency axis as discussed earlier. This property is of
course inherited by the cortex from the~roughly! constant-Q
filtering of the cochlea, and hence is not strictly a cortical
representational feature. The other two invariant translations
are a product of cortical-specific processing. That is, a linear
dilation with respect to thetonotopic axisas in Fig. 7~b!
results in a translation of the cortical representation along the
scale axis, but with no change along the asymmetry axis. The
opposite occurs in the third spectral deformation@Fig. 7~c!#.

In summary, we hypothesize that perceptual robustness
to certain spectral deformations partly reflects their unique
impact on the cortical multiscale representation. Specifically,
they cause translations along one of these axes without alter-
ing the overall response pattern.

VI. SUMMARY AND CONCLUSIONS

This paper has examined some potential bases of per-
ceptual robustness of speech signals. Specifically, we ex-
plored the synergy between properties of the source~vocal
tract! and receiver~auditory system!. For the source we for-
mulated a simplified sinusoidal model of the vocal tract
based on detailed cross-sectional x-ray images and
PARAFAC analysis performed by Ladefoged and colleagues.

FIG. 10. A multiscale representation of the vowel@a# ~female speaker!. The log magnitude spectrum is depicted at the bottom. The cortical multiscale response
is displayed above it against three axes. The abscissa is the tonotopic axis. The ordinate is the scale axis. The phase axis is represented by the direction of the
white arrows~‘‘ → ’’ to ‘‘ ← ’’ counterclockwise depict responses of cells withfc52p/2 to p/2, respectively!. The strength of the response is represented by
the gray scale~black is strongest! and also by the direction and size of the phase arrow. In addition, several cross-sectional profiles of the response are shown
at different scales (Vc50.25, 0.5, 1.0, 2.0, and 4.0 cyc/oct!. Note that the spectral profile becomes progressively more coarsely represented at lower scales.
This figure can also be thought of as depicting the magnitude and phase of an affine wavelet transform of the vowel spectrum using the central RF in Fig. 9~c!
as the mother wavelet.

510 J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Ru, Chi, and Shamma: Synergy between production and perception



The model utilizes a few essential parameters to synthesize
vowel sounds. We then related parameters of this model to
the perception of natural and synthesized vowels. The results
demonstrated that vowel perception tends to be robust with
respect to length and overall constriction of the vocal tract,
two parameters that significantly vary across different speak-
ers.

On the receiver end, a physiologically inspired model of
primary auditory cortical responses is described to analyze
and represent the received sound. The representation is ef-
fectively a multiscale wavelet transform with three axes:~a!
a tonotopic~frequency! axis, and~b! the bandwidth and~c!
phase of an affine wavelet transform~scale and phase axes!.

The synergy between source and receiver models can be
summarized as follows.Relatively large variations in vocal-
tract parameters can be perceptually stable if they result in
spectral changes that are manifested in the cortical model as
translations along one of its three axes. Translations are con-
sidered ‘‘harmless’’ because they do not change the represen-
tationalpattern, but simply its location relative to the repre-
sentational axes. The specific correspondence between
source parameters and receiver representation is:~1!
Changes in vocal-tract length cause translations along the
tonotopic axis;~2! Total effective area of constriction~or
parametera in the sinusoidal model! controls the~local or
global! dilation of the spectrum, or equivalently causes trans-
lations along the scale axis;~3! Lip radiation and vocal-tract
wall losses cause translations along the phase axis.

This perceptual robustness is also relevant to more gen-
eral sound sources. For instance, animal vocal tracts exhibit
the same kind of constraints and variations as those of hu-
mans. In fact, most natural and manmade resonators exhibit
similar parameter variations within any particular class. Of
course, whether these variations are considered perceptually
significant by human listeners depends partly on contextual
~semantic! factors. For example, violins of different sizes~or
lengths! and made of different wood materials~hence, differ-
ent damping losses and radiation! are perceived to be ‘‘vio-
lins’’ because their spectral envelope and its dynamics~and
hence the timbre! remains otherwise roughly unaltered.
Clearly, if the size of a violin increases significantly, its tim-
ber is reclassified by listeners as that of a viola or a cello.

It is interesting to note that the multiscale auditory cor-
tical representation is formally equivalent to the multiscale
representation of two-dimensional images thought to exist in
the visual cortex~DeValois and DeValois, 1990!. Thus, the
three cortical axes in audition—tonotopic, scale, and phase—
have corresponding analogs in vision—space, size, and
phase. Perceptual tolerance to translations along these visual
axes is intuitively easier to imagine here; they correspond to
an image varying in its position, size, and shear.

Finally, another important dimension in the cortical rep-
resentation of the auditory spectrum is ‘‘time.’’ The dynam-
ics of the auditory spectrum reflects the energy modulations
due to the movement of the articulators. These are evident in
the speech signal in the syllabic rates which are roughly in
the range of 2–20 Hz. This range exactly matches the rate of
signal energy modulations that is most effective in evoking
responses in primary auditory cortex~Kowalski, Depireux,

and Shamma, 1996!. A detailed analysis of the representation
of these temporal modulations in speech and in the cortex,
and its utility for assessing the ‘‘intelligibility’’ of noisy and
reverberant signals can be found in~Chi et al., 1999!.

APPENDIX A: EHRENFEST’S APPROXIMATION
THEOREM FOR THE GENERAL AREA FUNCTION

For the general area function,A(x), only approximate
solutions of resonances of the vocal tract are possible. One
approach entails the application of Ehrenfest’s theorem
where we expressA(x) as a small perturbation (dA(x)) on a
uniform tubeA0

dA~x!5A0 (
m51

`

am cos~pmx/ l !. ~A1!

The approximate formant deviation, associated with the de-
parture from a uniform tube, is given by

dFi /Fi52a2i 21/2, ~A2!

for am!1 ~Schroeder, 1967!. In other words, the formant
location is controlled by the odd cosine terms of the pertur-
bation function. Since the first three formants are the percep-
tually most important in speech perception, only a few coef-
ficients are sufficient to compose a perturbation that
produces a variety of different vocalic signals. A generalized
formula for the formant-deviation ratio can be written as

dFi

Fi
52E

0

l

cosS ~2i 21!p
x

l D dA~x!

A0

dx

l
. ~A3!

Moreover, Mermelstein~1967! found empirically that this
approximation, given the area function

A~x!5A0edA(x)/A0, ~A4!

is surprisingly good even for large perturbations.

1. The sinusoidal model

As stated in Sec. II, the vocal tract~log! area function
can be approximated by a single spatial sinusoid,

A~x!5A0ea cos(2pnx/ l 1u).

According to Eq.~A4!, the relative perturbationdA(x)/A0 is
exactly the exponent in the above equation. The formant de-
viation can thus be derived from Eq.~A3!

dFi

Fi
52E

0

l

cosS ~2i 21!p
x

l Da cosS 2pn
x

l
1u Dd

x

l
~A5!

5H 2
a cosu

2
, if n5 i 2 1

2

2
4an sin~pn1u!cos~pn!

p~~2i 21!224n2!
, otherwise.

~A6!

Experimental observations of vocal-tract area functions
in Fant~1960! ~see also Fig. 1! suggest that for most vowels
a one-period-sinusoid approximation~with different phases!
is adequate. Therefore, combined with the formants of the
uniform tube,Fi5@c(2i 21)#/4l , wherec is the sound ve-
locity ~Portnoff, 1973; Rabiner and Schafer, 1978!, the de-
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viation of thei -th formant can be obtained by settingn51.

dFi52
c

l

a

p

2i 21

~2i 21!224
sinu. ~A7!

In addition, the formant change due to the added pertur-
bation

dA~x!/A052a cosue2b(x/ l )s
,

which accounts for the glottal constraint is given by

~dFi !exp

Fi
5a cosuE

0

l

cosS ~2i 21!p
x

l De2b(x/ l )s dx

l
.

~A8!

For s51, a closed-form solution can be derived as:7

~dFi !exp

Fi
U

s51

5
b~11e2b!

~2i 21!2p21b2 a cosu. ~A9!

An approximate solution is possible fors52 and largeb8,9

~dFi !exp

Fi
U

s52

.A p

4b
e2(2i 21)2p2/4ba cosu. ~A10!

Therefore, the total amount of formant deviations is given by
the sum of the terms in Eq.~A5! and Eq.~A8! above.

APPENDIX B: CORTICAL MODEL RESPONSES
ASSOCIATED WITH SPECTRAL DEFORMATIONS

From a mathematical point of view, the auditory cortex
can be modeled as a wavelet analysis of the spectral profile
~Wang and Shamma, 1995!. Each RF can be described as

RF~x;xc ,Vc ,fc!5h~x2xc ;Vc!cosfc

2ĥ~x2xc ;Vc!sinfc

h~x;Vc!5h~cVcx!,

wherex denotes the tonotopic frequency in octaves, the seed
function h(x;Vc) is a real even function with peak spatial
frequency response atVc ~in cycle/octave!, xc is the center
frequency,fc is the characteristic phase~in radians! which
determines the asymmetry of the receptive field, andĥ de-
notes the Hilbert transform of the functionh. The exact
shape of this even function is not important as long as it can
manifest the lateral-inhibition structure, i.e., a central excita-
tory band symmetrically flanked by inhibitory side bands.
The response of the cell tuned to (xc ,Vc ,fc) for an input
auditory spectrumy(x) is

r ~xc ,Vc ,fc!5^RF~x;xc ,Vc ,fc!,y~x!&,

where ^•,•& denotes the inner product. The inner product
process is equivalent to a filtering process with the spatial
impulse response

hRF~x;Vc ,fc!5h~x;Vc!cosfc1ĥ~x;Vc!sinfc .

Thus, the response can be efficiently computed by the fol-
lowing convolution:

r ~xc ,Vc ,fc!5y~x!* hRF~x;Vc ,fc!ux5xc

5E
t
y~t!h~xc2t;Vc!cosfc dt

1E
t
y~t!ĥ~xc2t;Vc!sinfc dt.

If the input spectrumy(x) dilates with respect to fre-
quency@translation along the tonotopic~log! frequency axis#,
the cortical response simply translates along the tonotopic
axis as shown below:

y~x2x0!* hRF~x;Vc ,fc!ux5xc

5E
t
y~t2x0!h~xc2t;Vc!cosfc dt

1E
t
y~t2x0!ĥ~xc2t;Vc!sinfc dt

5E
t8

y~t8!h~xc2x02t;Vc!cosfc dt8

1E
t8

y~t8!ĥ~xc2x02t;Vc!sinfc dt8

5r ~xc2x0 ,Vc ,fc!.

If the input spectrum dilates with respect to tonotopic
frequency y(x)→y(cV0x), the cortical response can be
shown to translate along the scale axis

y~cV0x!* hRF~x;Vc ,fc!ux5xc

5E
t
y~cV0t!h~xc2t;Vc!cosfc dt

1E
t
y~cV0t!ĥ~xc2t;Vc!sinfc dt

5
1

cV0 F Et8
y~t8!hS xc2

t8

cV0
;VcD cosfc dt8

1E
t8

y~t8!ĥS xc2
t8

cV0
;VcD sinfc dt8G

5
1

cV0 F Et8
y~t8!h~cV0xc2t8;Vc2V0!cosfc dt8

1E
t8

y~t8!ĥ~cV0xc2t8;Vc2V0!sinfc dt8G
5

1

cV0
•r ~cV0xc ,Vc2V0 ,fc!.

The asymmetry deformation is a shearing~or tilt! in the
peaks of the spectrum which can be approximated by the
following model: y(x)→y(x)cosf01ŷ(x)sinf0, where f
refers as before to the phase of the Fourier transform of the
patterny(x), andf0 is a constant phase added to the phase
of the Fourier transform ofy(x). We can combine the facts
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that

y~x!* ĥ~x!5 ŷ~x!* h~x!, h9 ~x!52h~x!,

coŝ~Vx1f!5sin~Vx1f!,

and show the cortical response will translate along the corti-
cal asymmetry axis.

@y~x!cosf01 ŷ~x!sinf0#* hRF~x;Vc ,fc!ux5xc

5@y~x!* h~x;Vc!cosfc cosf0

1y~x!* ĥ~x;Vc!cosfc sinf0

1y~x!* ĥ~x;Vc!sinfc cosf0

2y~x!* h~x;Vc!sinfc sinf0] ux5xc

5@y~x!* h~x;Vc!cos~fc1f0!

1y~x!* ĥ~x;Vc!sin~fc1f0!#ux5xc

5r ~xc ,Vc ,fc1f0!.

FIG. 11. Frequency responses of exponential tubes with different parametersl and a. ~a! Exponential tubes for different parameters.~b! Corresponding
transfer functions for tubes shown in~a!. Local dilation~around 866 Hz! can be obtained by adjusting lengthl and ratea simultaneously.~c! The nomograms
for length l ~16, 17.5, and 19 cm! with varying exponential ratea.
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APPENDIX C: THE EXPONENTIAL TUBE

The area function of an exponential tube is formulated
as

A~x!5A0eax, for 0<x< l , ~C1!

wherea is a real number which determines the openness of
the tube. Obviously, an exponential tube degenerates into a
uniform tube whena50. A tube with a positivea is often
called ahorn, while one with a negativea is called anin-
verse horn. Its frequency response can be derived from the
algebra in Temkin, 1981.

V~ f !5H ea l /2

coshb l 1~a/2b!sinhb l
, if f Þ

uauc
4p

ea l /2

11a l /2
, if f 5

uauc
4p

,

~C2!

where b5A(a/2)22(2p f /c)2. The frequency response at
f 5 (uauc)/4p is actually a limiting edition of the general
solution.10

Equation~C2! clearly demonstrates the formant values
change as a function of different model parametersl anda.
The nomogram in Fig. 11~c! shows that the formants shift
toward high frequency asa increases with fixed lengthl
517.5 cm. The outcome looks like aglobal dilation of the
spectrum. To get alocal dilation around a specific chosen
frequency, both the length (l ) and ~a! need to vary. Fig.
11~b! shows that the first two formants merge around a dila-
tion center aboutA500•1500.866 Hz. The area–length re-
lation is roughly formulated as

A1 /A05~ l 1 / l 0!8.8. ~C3!

WhenA15A0 , i.e., a uniform tube, the spacing between first
and second formants is log2(1500/500).1.5849 octaves. The
spacings are 1.9507 and 1.2192 octaves whenA1 /A050.25
and 4, respectively. This spacing can be approximated by

Dx~A1!.1.584920.1829 log2
A1

A0
. ~C4!

Therefore, the dilation rule can be formulated by

V0

V1
.120.1154 log2

A1

A0
, ~C5!

whereV i5(Dx(Ai))
21.

1The selection ofb ands is somewhat flexible as long as the resulting shape
is roughly similar to the shape of the Ladefoged’s vocal-tract model. For
the exponents, valuess51 and s52 are preferred because they yield
mathematically tractable solutions. The parameterb controls the perturba-
tion decays and should be such that it affects a moderate number of sections
~A value ofb516, as well ass52, is used in the simulations!. Even though
these values do not yield a closed-form solution, an approximation can be
found asb is large enough~see Appendix A!.

2‘‘Acute’’ speech sounds are characterized by the relative predominance of
the high-frequency portion of the spectrum as opposed to ‘‘grave’’ seg-
ments in which the low frequency of the spectrum predominates. Compact
segments are characterized by the relative predominance of a single cen-
trally located spectral peak. Diffuse segments are those in which one or
more noncentral formants predominate. A detailed description can be found
in Jakobson, Fant, and Halle~1963!.

3For our purposes, we define spectral deformations here as perceptually
tolerable when they affect primarily the acoustic quality, rather than the

identity of the signal. For instance, in nontonal languages such as English,
scaling up the amplitude of the spectrum of a speech signal or the fre-
quency of its harmonics while keeping the spectral envelope intact only
increases its loudness and pitch, respectively, but does not normally change
the meaning of the utterance. The analogous situation in vision is the set of
deformations of a portrait that leave its identity unchanged, such as shifting
the location of an image, enlarging it, or slightly rotating or shearing it
within reasonable limits.

4The inertance (La) which opposes acceleration is exhibited because of the
mass of the air in the tube. The compliance (Ca) is exhibited because of the
compressibility of the air. Viscous losses, which are proportional to the
square of the particle velocity, are represented by the acoustic resistance
(Ra). Heat conduction losses, which are proportional to the square of the
sound pressure, are represented by the conductance (Ga). The detailed
equations to computeLa , Ra , Ca , and Ga can be found in~Flanagan,
1972!. In this work, Rr(5128/9p2) and Lr(58r /3pc), where r is the
radius of the opening andc is the sound velocity, provide a good approxi-
mation to the infinite plane baffle.

5Baskent and Shannon~2001! report bigger intelligibility losses with dila-
tions ~or expansions! of a factor of 2/3. However, interpreting these results
is complicated by the fact they chose to keep constant the overall width of
the spectrum within a specific value despite the expansion, effectively re-
moving increasing amounts of the spectrum falling outside of this band-
width.

6We have simulated all of the aforementioned manipulations to demonstrate
the persistence of intelligibility despite large shifts in formant frequencies.
These demonstrations are accessible at http://www.isr.umd.edu/CAAR/
pubs.html

7*0
1 cos(ay)e2by2

dy5@b(11e2b)#/@a21b2#.
8*0

` cos(ay)e2by2
dy5Ap/4be2a2/4b.

9*1
` cos(ay)e2by2

dy,*1
`e2by2

dy5Ap/b(12F(A2b)), where F(•) is the
cumulative distribution function~cdf! of normal distributionN(0,1).

10lim f→uauc/4pb50, coshbl→1, and sinhbl→0.
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Effects of prosodic boundary on ÕaCÕ sequences: Acoustic results
Marija Tabaina)
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This study presents various acoustic measures used to examine the sequence /a # C/, where ‘‘#’’
represents different prosodic boundaries in French. The 6 consonants studied are /b d g f sb/ ~3 stops
and 3 fricatives!. The prosodic units investigated are the utterance, the intonational phrase, the
accentual phrase, and the word. It is found that vowel target values, formant transitions into the stop
consonant, and the rate of change in spectral tilt into the fricative, are affected by the strength of the
prosodic boundary.F1 becomes higher for /a/ the stronger the prosodic boundary, with the
exception of one speaker’s utterance data, which show the effects of articulatory declension at the
utterance level. Various effects of the stop consonant context are observed, the most notable being
a tendency for the vowel /a/ to be displaced in the direction of theF2 consonant ‘‘locus’’ for /d/~the
F2 consonant values for which remain relatively stable across prosodic boundaries! and for /g/~the
F2 consonant values for which are displaced in the direction of the velar locus in weaker prosodic
boundaries, together with those of the vowel!. Velocity of formant transition may be affected by
prosodic boundary~with greater velocity at weaker boundaries!, though results are not consistent
across speakers. There is also a tendency for the rate of change in spectral tilt moving from the
vowel to the fricative to be affected by the presence of a prosodic boundary, with a greater rate of
change at the weaker prosodic boundaries. It is suggested that spectral cues, in addition to duration,
amplitude, andF0 cues, may alert listeners to the presence of a prosodic boundary. ©2003
Acoustical Society of America.@DOI: 10.1121/1.1523390#

PACS numbers: 43.70.Fq@AL #

I. INTRODUCTION

In recent years, it has been shown~Fougeron and Keat-
ing, 1997; Fougeron, 2001; Cho and Keating, 2001; Byrd
and Saltzman, 1998; Byrd, 2000; Byrdet al., 2000; Keating
et al., in press! that there are systematic strategies used by
speakers at the supralaryngeal level to delineate prosodic
boundaries. In brief, segments are believed to be ‘‘strength-
ened’’ ~or hyperarticulated! at stronger prosodic boundaries
such as the utterance or the intonational phrase, and ‘‘weak-
ened’’ at weaker prosodic boundaries such as the word or the
syllable.1 For instance, the nasal /n/ has greater contact be-
tween the tongue and the palate at a stronger prosodic
boundary, and lesser contact at a weaker prosodic boundary
~Fougeron and Keating, 1997!; and the vowel /a/ is lower at
a stronger prosodic boundary than at a weaker prosodic
boundary~Tabain@submitted#!. The study of such strategies
is termed ‘‘articulatory prosody,’’ and indeed most work
within this framework has been based on articulatory data. It
is therefore the purpose of the current paper to explore pos-
sible acoustic effects of such articulatory strengthening strat-
egies. This is done in the belief that if a linguistic structure,
in this case the prosodic structure, is encoded in the suprala-
ryngeal articulation, there must be acoustic consequences
which are discernible to the listener@cf. Lindblom’s Hyper
and Hypo Theory of Speech~Lindblom, 1990!, which fo-

cuses on the communicative function of speech#. In particu-
lar, the focus is on possible spectral effects of supralaryngeal
strategies to encode prosody, since these are somewhat less
well understood than duration effects~see the literature re-
view below!. It is envisioned that the results presented in the
current paper will provide an initial guide for studies of the
perceptual importance of any such spectral effects of the pro-
sodic structure.

We consider now the various acoustic effects which
have thus far been observed at prosodic boundaries. The
reader is referred to Tabain~submitted! and the references
cited above for a more detailed description of the articulatory
strategies used to delineate prosodic boundaries.

As already mentioned, only a small number of studies
have looked at acoustic data in relation to the prosodic struc-
ture of the utterance. In perhaps the most systematic acoustic
study within the articulatory prosody framework, Cho and
Keating~2001! showed that for Korean, VOT of stop conso-
nants was greater at the higher prosodic boundaries, and that
acoustic nasal energy waslesser for nasal consonants at
higher prosodic boundaries~the nasal consonant therefore
becomes more ‘‘consonant-like’’ at these higher boundaries,
rather than more vowel-like, as would be implied by in-
creased nasality!. Dilley, Shattuck-Hufnagel, and Ostendorf
~1996! showed that, for English, a vowel is more likely to be
glottalized when it is initial in a higher prosodic phrase than
when it is initial in a lower prosodic phrase.

By far the vast majority of studies on acoustic effects of
prosodic structure has looked at duration. In terms of articu-
latory prosody, it has been shown~Fougeron and Keating,

a!Electronic mail: mtabain@maccs.mq.edu.au. Current address: Speech,
Hearing and Language Research Center & Macquarie Centre for Cognitive
Science, Division of Linguistics and Psychology, Macquarie University,
Sydney NSW 2109, Australia.
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1997! that the duration of individual segments at the edges of
prosodic boundaries increases with increasing strength of the
boundary~so that, for instance, a segment at an utterance
boundary is longer than a segment at a word boundary!.
However, in terms of duration effects of prosodic and lin-
guistic structure in general, research in this area has a rela-
tively long tradition, meriting a literature review as early as
the mid-1970s~Klatt, 1976!. Much early work by Lehiste
~e.g., Lehiste, 1972! examined what has come to be known
as phrase-final lengthening, whereby syllables are lengthened
at the end of a prosodic phrase~see also Fletcher, 1991, for
data on French, which is the language under study in the
present paper!. In terms of articulatory prosody, such phrase-
final lengthening correlates with the longer durations seen at
stronger prosodic boundaries, such as the utterance or the
intonational phrase. Other work by Lehiste showed effects of
polysyllabic shortening, whereby individual syllables in the
word are shortened to a greater extent the greater the total
number of syllables in that word~Lehiste, 1974—this result
will be mentioned again below!. Lehiste’s other early work
on accentual lengthening, whereby syllables are lengthened
if they carry stress or accent, has been further refined in more
recent work by Turk and colleagues~e.g., Turk and White,
1999!. Looking at syllables which are lengthened due to the
presence of stress/accent, Turk and colleagues have tried to
specify the extent of such accentual lengthening rightwards
or leftwards of the syllable which carries the pitch accent.
Their work has focused in particular on what type of bound-
ary blocks spreading of accentual lengthening: the syllable,
the foot, or the prosodic word~the spreading is also depen-
dent on whether the words concerned are content words or
function words, but unfortunately, such issues are beyond the
scope of the present discussion!. Turk and colleagues’ work
may then correspond to the lower/weaker levels of the pro-
sodic hierarchy, such as the word or syllable boundary.

From this brief outline of the area, it can be seen that the
study of prosodic effects on segment and syllable durations
is multifaceted~see Turk and Shattuck-Hufnagel, 2000 for an
evaluation of the various duration adjustment mechanisms
discussed here, and of others!. The fact that pitch accent
affects segment durations is of relevance to the present study,
since placement of the pitch accent and the structure of the
prosodic hierarchy interact in French. This interaction will be
briefly discussed below when the prosodic structure of
French is described.

So far, the effects of the prosodic hierarchy on duration,
vowel glottalization, VOT, and nasal energy have been out-
lined. However, there are apparently no studies which have
looked at effects of prosodic boundaries on formants. Given
that formants are known to be affected by duration~Lind-
blom, 1963!, it could be hypothesized that formants would
be affected by prosodic factors as well. The issue of changes
in spectral characteristics according to prosodic structure is
discussed in the next section.

A. Rate of change in relation to the prosodic
boundary

Certain results in the acoustic literature suggest that the
change in a particular spectral parameter over time may be

affected by the prosodic structure of the utterance. Various
studies which have looked at prosodic effects on spectral
characteristics will now be discussed.

Early work by Lindblom showed that the extent of for-
mant movement is affected by the duration of the syllable
~Lindblom, 1963!. It has already been made clear above that
syllable and segment durations are affected by the prosodic
structure of the utterance. Moon and Lindblom~1994! ex-
tended these early prosodic and formant results by examin-
ing the effects on formant transitions of the total number of
syllables in the word~polysyllabic shortening!. They showed
that not only are the duration and target values of the formant
transition affected by the suprasegmental properties of a
given syllable, but also the velocity of the transition. Their
data consisted of the series ‘‘will, willing, willingham,’’
where the stressed /(/ in the initial syllable becomes progres-
sively shorter due to the increasing number of syllables in
the word. They elicited both typical citation form speech,
and ~hyper! clear speech. Moon and Lindblom found that
vowel formant patterns were displaced in the direction of the
frequencies of the consonants, and that the extent of the dis-
placement depended on vowel duration. Moreover, the
context- and duration-dependent effects were more pro-
nounced for citation form speech than for~hyper! clear
speech. The smaller formant shifts~compared to vowel target
in isolation! in the clear speech were achieved by an in-
creased rate of formant change. It is therefore clear that du-
ration, the extent of formant movement, and the velocity of
formant movement all interact according to prosodic struc-
ture.

A more recent study by Wouton and Macon~2002a! has
looked at the effects of various other prosodic factors on
formant rate of change. Wouton and Macon examined
stressed vs unstressed; pitch-accented vs not pitch-accented;
utterance medial position vs final position; and clear, fast,
and relaxed speaking styles. They found that these prosodic
factors did indeed have an effect on the rate of change of the
F1, F2, andF3 movement, with greater rate of change cor-
related with greater linguistic prominence~e.g., stressed syl-
lables had a greater rate of change than unstressed syllables!.
Interestingly, Wouton and Macon found an asymmetrical be-
havior for CV vs VC formant movements, with greater rate
of change in linguistically prominent syllables encoded in
the CV rather than the VC transitions. Based on Kozhevni-
kov and Chistovich’s~1965! view that syllable onset move-
ments constitute elementary planning units for speech articu-
lation, Wouton and Macon speculate that the duration and
articulation effort of a CV movement determines the extent
of the formant movement, and that the dynamics of the VC
movement depend on the time available between the end of
the preceding CV movement and the start of the next CV
movement. These results are relevant to the present study,
since it is /V # C/ movements~where # denotes some pro-
sodic boundary! which are examined here.

Since formant movement has been shown to be affected
by such various prosodic factors as stress/accent, utterance
position, and speaking rate, there is reason to believe that it
is also affected by the strength of the prosodic boundary.
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Thus, formant movements will be examined in the current
study.

Although formant transitions are useful in classifying
fricative consonants, in particular the nonsibilants, it is the
fricative spectrum which is of greater importance to sibilants,
and which serves to distinguish sibilants from nonsibilants
~Harris, 1958; Mann and Repp, 1980!. In a study evaluating
the various acoustic cues to prevocalic stop consonants
~based largely on Lahiri, Gewirth, and Blumstein, 1984!,
Smits, ten Bosch, and Collier~1996! found that the spectral
tilt at the onset of the burst, and the change in spectral tilt
over a fixed period of time, were useful cues to place of
articulation for certain stops in certain vowel contexts. Com-
parably, Jongman, Wayland, and Wong~2000! showed that
spectral moment data vary from the beginning to the middle
to the end of the fricative, and Munson~2001!, using a non-
linear regression on first spectral moment values generated at
the boundaries of /s/ and adjacent /t/ or /p/, has also shown
that spectral properties of the fricative change during the
acoustic duration of the fricative. Taken together, these re-
sults suggest that there are gross spectral properties whose
changes over time are perceptually important. In light of
Moon and Lindblom’s and Wouton and Macon’s studies,
showing that similar dynamic properties~i.e., formant move-
ment! are affected by the suprasegmental structure of the
utterance, it is reasonable to assume that a spectral property
such as spectral tilt or moment may likewise be affected by
suprasegmental characteristics of the utterance. For this rea-
son, spectral tilt is studied in relation to the strength of the
prosodic boundary, as are formant movements. Further de-
tails are provided below.

We turn now to a brief description of the prosodic struc-
ture of French, the language under study here.

B. Prosodic accent in French

In French, words do not carry lexical stress, but they can
attract prosodic accent at the sentence level. Following Foug-
eron and Jun~1998!, the prosodic structure of French is
based on the accentual phrase~AP!, which is dominated by
the intonational phrase~IP!. The IP is in turn dominated by
the utterance.2

What Fougeron and Jun call the AP has been described
by different authors as the ‘‘rhythmic group,’’ ‘‘intonation
group,’’ ‘‘prosodic word,’’ or ‘‘intonème mineur,’’ and what
Fougeron and Jun call the IP has been variously called the
‘‘intonème majeur’’ or ‘‘unité intonative’’ ~see di Cristo,
1998 for a review and references on French intonation!.

According to Fougeron and Jun, the AP has the under-
lying tonal representation /L Hi L H* /, with a more common
phonetic realization being@L H* ] ~their approach is based on
Pierrehumbert, 1980 and Beckman and Pierrehumbert,
1986!. The initial high tone, Hi, has been described as the
peak of the ‘‘accent secondaire,’’ and its appearance or non-
appearance is conditioned by several linguistic and extralin-
guistic factors. The final high tone, H* , has been described
as the peak of the ‘‘accent primaire,’’ and is realized on the
phrase-final full syllable. In neutral utterances, the Hi, when
it appears, is usually shorter and has a lowerF0 value than
the following H* . In these cases it is not considered to have

a pitch accent. However, in producing a focused word, the Hi
is often promoted to pitch accent status. As regards the L
tone, it is realized on the syllable preceding the H tone syl-
lable. The reader is referred to Jun and Fougeron for further
discussion of the status of Hi and H* , respectively, as well as
other issues of debate in the study of French prosody.

The IP is marked by a major continuation rise~H%! or
fall ~L%! and also by a significant final lengthening~see also
Fletcher, 1991!, often followed by a pause.

It was mentioned in the Introduction section that effects
of the prosodic hierarchy occur precisely at the edges of
adjacent prosodic constituents at the same level—i.e., at the
segments immediately adjacent to the boundary. It was also
mentioned that the placement of the pitch accent and the
prosodic hierarchy interact in French. It can now be seen that
since the H* in the AP is placed on the final syllable of the
phrase, an AP and any higher level is defined as having a
pitch accent on the final syllable of the prosodic constituent.

For the purposes of this study, an utterance dominates an
intonational-phrase level, which dominates an accentual-
phrase level, which in turn dominates a word level. The fo-
cus in particular is on /V # C/ sequences~as opposed to CV
sequences!, where a given prosodic boundary separates the
vowel from the consonant. The following will be examined.

~1! Duration—Given the literature review above, duration is
clearly an important parameter in any prosodic study. It
is expected that duration will be greater at stronger pro-
sodic boundaries than at weaker prosodic boundaries.

~2! Vowel formant values—Given the premise of articula-
tory prosody that segments become more hyperarticu-
lated at stronger prosodic boundaries, it is expected that
F1 will be higher at stronger prosodic boundaries, re-
flecting a lower tongue and jaw position.F2 will also be
examined to see if there are any effects. It should also be
noted that Tabain~submitted! presents articulatory data
showing that /a/ becomes lower at stronger prosodic
boundaries~this is the study from which the present
acoustic data were taken!.

~3! Formant transition—It is clear from the discussion above
that duration has a profound effect on formant transi-
tions, and for this reason the effects of prosodic structure
on F1 and F2 movement will be examined. These
analyses of formant movement duration, distance, and
velocity will only be carried out for the stop consonants
/b d g/, and not for the fricative consonants, since for-
mant transitions for fricatives are partly obscured by the
fricative noise. The reader is reminded that only VC
transitions are concerned.

~4! Rate of change in spectral tilt—Again, given the discus-
sion above, the rate of change in spectral tilt moving
from the vowel into the fricative will be examined. More
precisely, what is of interest is the rate of change going
from the negative tilt of the vowel spectrum to the posi-
tive tilt of the fricative spectrum~more details are pro-
vided in the Method section!.3
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II. METHOD

A. Speakers, stimuli, and recordings

Three native speakers of metropolitan French~two
male—CV and GR—and one female—AV! were recorded in
a sound-treated room at ICP, Grenoble. Articulatory~EMA—
electromagnetic articulography! and acoustic data were re-
corded simultaneously and time synchronized. The acoustic
data were recorded directly onto a DAT recorder at a sam-
pling rate of 44.1 kHz, and transferred onto PC. Data were
subsequently down sampled to 20 kHz. Details on collection
of the EMA data are given in Tabain~submitted!.

Stimuli consisted of 4 sentences~based on Fougeron,
2001!, each containing a prosodic boundary of interest be-
tween the fourth and fifth syllables. These sentences were
~with the type of prosodic boundary listed in parentheses!

~1! Paul aime Tata.Baba les prote`ge en secret.
~utterance!

~2! La pauv’ Tata,Baba et Paul arriveront demain.
~intonational phrase!

~3! Tonton, Tata,Baba et Paul arriveront demain.
~accentual phrase!

~4! Paul et TataBaba arriveront demain.
~word!

The consonant in bold was varied to be one of /b d g f s b/,
and the vowel following this consonant was varied to be one
of /a i u y ø/ ~where ‘‘ø’’ is the vowel found in the word
‘‘feu’’ !. There was thus a total of 120 sentences~4 prosodic
contexts36 consonants35 vowels!. Two of the speakers~AV
@female# and GR@male#! produced 4 repetitions of the cor-
pus, giving a total of approximately 480 utterances. The sec-
ond male speaker, CV, produced 2 repetitions of the corpus,
giving a total of approximately 240 utterances.

For the purposes of the current study, speakers were en-
couraged to produce a final intonation contour followed by a
pause for the utterance boundary, and a continuation contour
while avoiding a pause for the intonational boundary. Speak-
ers tended to read the stimuli for the accentual boundary as a
list.

The current paper focuses on the relationship between
the /a/ at the end of ‘‘Tata’’ and the three stop and three
fricative consonants following. Although the vowel follow-
ing the consonant was varied, with the aim of examining
vowel-to-vowel coarticulation, these results will not be pre-
sented here due to the small number of tokens that would
exist for each following vowel context~either two or four
tokens per following vowel!. For this reason, data are col-
lapsed across following vowel context.

B. Labeling and analysis environment

Acoustic data were segmented and labeled according to
standard acoustic criteria~cf. Harrington and Cassidy, 1999,
Chap. 4!, using theEMU hierarchical speech labeling tool
~Cassidy and Harrington, 2001!. The noise following the re-
lease of the /t/ in /ta/ was labeled separately and included as
part of the /a/ duration.~This was done so that the acoustic
and articulatory data were more comparable, since the articu-

latory vowel onset was labeled at /t/ release!.4 Formants were
automatically tracked inEMU using LPC with a sample rate
of 200 Hz, and hand corrected during the labeling process. In
addition, anF1 target event for the /a/ preceding the conso-
nant of interest was labeled at theF1 peak movingback-
wards in time from the /a/-consonant boundary. WhereF1
attained a steady state after an initial rise, the first pitch pe-
riod of the steady state moving backwards from the boundary
was marked as theF1 target. Figure 1 shows an example of
these labeling criteria using theEMU speech tool. It shows
the stop closure for the /t/ followed by the vowel /a/, which
in this case is followed by the stop /d/. This token is from an
accentual phrase boundary as spoken by speaker AV~fe-
male!. It can be seen that theF1 vowel target~the vertical
white line in the middle of the /a/! is marked at about 9.03
seconds: it is marked in relation to the /d/ which follows.
Had theF1 target been marked in relation to the /t/ which
precedes, the target would have been placed at about 9.01 s
~a difference of about 20 ms!.

Regarding the utterance boundary, it should be noted
that the pause between the two utterances in sentence 1~ut-
terance boundary! was labeled separately, and not included
as part of the total syllable duration of /aC/. Since the /a/ at
the end of ‘‘Tata’’ is in this sentence followed by a pause,
there is no /aC/ transition such as is found in the other sen-
tences. Instead, an attempt was made to mark the onset of an
F1 steady state moving leftwards from the end of the vowel.
However, a short period of voicelessness at the end of the
vowel meant that measurement of the vowel endpoint and
F1 target was less reliable than for the other sentences. This
must be kept in mind when interpreting the velocity results,
which will be presented below. It must also be kept in mind
that due to the presence of a pause at the utterance boundary,
the measurement of acoustic stop consonant duration was not
reliable. It should be remembered that the stops examined
here are /b d g/—i.e., all voiced. Stop consonant duration
following the utterance boundary was therefore measured
from the onset of voicing for the consonant, which is of
course not an accurate measure of stop closure. This must be
kept in mind when examining duration results. There was of
course no problem in locating the onset of frication for the
voiceless fricatives examined here, /f sb/.

All formant values were automatically extracted using
EMU. F1 andF2 for the ‘‘static’’ vowel target were taken at
the acoustic midpoint of the vowel. However, for examining
the formant transitions,F1 andF2 were treated differently:
for F2, the vowel formant value was taken at the midpoint;
and forF1, the vowel formant value was taken at the hand-
markedF1 target. For bothF1 andF2, the consonant value
was taken at the VC boundary. The distance of the transition
was calculated as the difference between the formant value
extracted at the VC boundary, and the formant value ex-
tracted from the hand-marked target~in the case ofF1) or
the acoustic midpoint of the vowel~in the case ofF2). The
duration of the transition was calculated as the difference in
time between the consonant and the vowel values. ForF1,
this was the difference in time between the hand-marked
target and the VC boundary, and forF2, this was effectively
half the total vowel duration~since the vowel target value
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was taken at the vowel midpoint!. Peak velocity was calcu-
lated as the maximum value of the first differential of the
formant transition forF1 andF2 separately.

All analyses of the data as described above were carried

out using theEMU database speech analysis system~Har-
ringtonet al., 1993!, interfaced with theR statistical package
~Ihaka and Gentleman, 1996!. The analysis of spectral tilt for
the fricatives, described below, was carried out usingPRAAT

~www.praat.org!.

C. Spectral tilt analysis of fricatives

Analysis of spectral tilt was based on Smitset al.
~1996!. Overlapping FFTs were carried out across a portion
of the token, using a 12-ms Hanning window and a frame
shift of 5 ms. The token duration over which the successive
FFTs were calculated was determined as follows: for each
VC token, 15% of the vowel duration was calculated, and
15% of the fricative duration was calculated, based on the
hand-marked segment boundaries. The left boundary of the
analysis was placed at 15% of the vowel duration leftwards
from the vowel–fricative boundary, and the right boundary
was placed at 15% of the fricative duration rightwards of the
vowel–fricative boundary. A typical value for the duration of
the analysis token was 40–50 ms~cf. Tables I and II, which
will be presented below!—this compares well with the 50 ms
used uniformly by Smitset al. The first FFT was centered at
the leftward boundary of the token.

In order to obtain the spectral tilt values for each FFT, a
regression was carried out on the returned FFT values be-
tween 1000 and 5000 Hz for each spectrum using an equiva-
lent rectangular bandwidth~ERB! and dB scales. The choice
of this range of values for both the male and female speakers
was motivated by the following considerations:~1! By ex-
cluding values below 1000 Hz, spectral energy due to voic-
ing is for the most part excluded~the first 3–4 harmonics are
excluded for the female speaker, and the first 5–8 harmonics
are excluded for the male speakers!. Hence, the presence of
voicing in the early part of the fricative does not affect the
measurement of the fricative tilt~cf. Tabain, 2001, where
data below 1 kHz were similarly excluded in a spectral mo-
ment analysis!. Although part ofF1 for the vowel was ex-
cluded, a visual inspection of the data showed that the tilt
value for the vowel was still highly negative~rather than flat
or positive, such as fricative slope values may be!. ~2! By
excluding returned values above 5000 Hz, it was felt that the
spectral characteristics of fricative consonants as a class were
best captured. The spectral peak for /b/ for all three speakers,
and of /s/ for the male speakers, was included in the measure
~the female speaker’s spectral peak for /s/ occurred at about
6–7 kHz, although a visual inspection of the spectra sug-
gested that there should be little difference between a low-
pass filter at 5 kHz and one at 6 or 7 kHz for this speaker!.
Visual inspection of spectra for /f/ showed a diffuse peak in
the 5–6-kHz range, though of lesser intensity than for the
sibilants. By high-pass filtering at 5 kHz~rather than at 9–10
kHz!, a greater spectral tilt would be calculated for /f/, and
hence the difference between the vowel tilt and the fricative
tilt would be enhanced.

Following calculation of the tilt values for each FFT
spectrum, a second regression was carried out on the tilt
values calculated across each VC token, with the tilt value as
the dependent variable, and the FFT frame number as the
independent variable. The slope value from this analysis

FIG. 1. Example of the hand-markedF1 target using theEMU labeler. The
speaker is AV~female!, and the /ta # d/ sequence occurs at an accentual
phrase boundary~the ‘‘H’’ in the phonetic transcription in the top panel
marks the noise portion following release of the /t/!. The F1 target ~the
white vertical line in the vowel, marked with a ‘‘T’’ on the Target line in the
top panel! is marked in relation to the /d/ which follows the vowel, rather
than the /t/ which precedes it.
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gives the rate of change in tilt value. This second regression
was not forced to include any particular point, since no one
calculated FFT was deemed to be more important than the
others~contrary to Smitset al., for whom the tilt calculated
at the stop burst was of crucial importance!.

The above description of how the duration of each token
was calculated applies only for the intonational-, accentual-,
and word-boundary data. Since the utterance-boundary frica-
tive data are preceded by a pause, no change from vowel tilt
values can be obtained for this context. However, in order to
have a value for fricative data which, in theory, should not
change greatly in spectral tilt over time, tilt values were cal-
culated from a point at 0.2 of the fricative duration to a point
at 0.5 of the fricative duration. This then gives spectral tilt
values for 30% of the fricative duration at the utterance
boundary, in comparison to 30% of the syllable duration of
the vowel–fricative syllable for the other boundaries. Al-
though an examination of Tables I and II~presented below!
suggests that 30% of the fricative in utterance context should
be both relatively and absolutely greater than 30% of the VC
syllable for the other contexts, it will become evident that
more data are necessary when the fricative spectrum is rela-
tively steady, than when the spectrum is changing from
vowel to fricative. The points 0.2 and 0.5 of token duration
were chosen as containing data that had both reached suffi-
cient fricative amplitude5 ~it will be recalled that the fricative
is preceded by a pause in the utterance context! and that as
yet contained little influence from the following vowel.

Figure 2 shows an FFT spectrum generated by the spec-
tral tilt analysis. The top graph shows the last FFT calculated
for a VC token at a word boundary. The fricative is /s/, as
spoken by male speaker GR. The vertical lines on the graph
mark 1000 and 5000 Hz. The tilt is calculated based on the
FFT values contained within these boundaries. The regres-
sion line is marked on the graph. Thex axis marks the inter-
vals at each 500 Hz along the ERB scale~the tilt is calcu-
lated using the ERB scale!. The bottom graph shows the
regression on the tilt values generated for this particular VC
token. It can be seen that eight FFTs were calculated for this
token~since there are eight points on the graph!, and that the
token duration was 36.5 ms. It can also be seen that the tilt
values for the vowel are negative~the first few points on the
bottom graph!, and those for the fricative positive~the last
few points on the bottom graph!.

Results are tested using an analysis of variance
~ANOVA ! followed by least significant differencepost hoc
tests, and a Levene test for homogeneity of variances~Lev-
ene, 1960!, which tests for differences in the variability re-
gardless of the mean. Alpha is set at 0.05. Allpost hoctests
are adjusted according to the Bonferroni method, with alpha
set at 0.017.

Eta-squared results are also presented at the end of the
paper—these determine to what extent a given factor~in this
case prosodic boundary! accounts for the total variability in
the data.

Duration measurements will be presented first, followed
by vowel formant measurements. This will be followed by
the more ‘‘dynamic’’ data: formant movement, and the rate
of change in spectral tilt. Where appropriate, data are col-

lapsed across following vowel context~i.e., for vowel dura-
tion and vowel target values!. However, where appropriate,
data will be treated separately for the different consonants
~i.e., for consonant duration and for formant transitions!. Re-
sults from the spectral tilt analysis of the fricatives will be
collapsed across fricatives, since the measure was not de-
signed to capture differences between the different fricative
places of articulation.

III. RESULTS

A. Duration and formant measures

Table I~a! shows mean and standard deviations for
vowel duration, consonant duration, and for the percentage
of the syllable taken up by the vowel. Table I~b! presents
significance results for these data. For each speaker, results
are listed separately for each of the prosodic contexts (U
5Utterance boundary, I5Intonational phrase boundary, A
5Accentual phrase boundary, W5Word boundary!. It can
be seen that for speakers AV and GR, there is a significant
decrease in vowel duration the weaker the prosodic bound-
ary, whereas speaker CV groups the three higher boundaries
together, with the word boundary having a significantly
shorter vowel duration. For the consonant durations~stop

FIG. 2. Example of an FFT spectrum with calculated tilt~top! from the end
of the token, and secondary regression based on the entire token~below!.
The spectrum is for the fricative /s/, as spoken by male speaker GR in a
word-boundary context. The vertical lines on the top graph mark 1000 and
5000 Hz. The regression line, giving the tilt, is shown on the graph. Thex
axis marks the intervals at each 500 Hz according to the ERB scale. The
bottom graph shows the regression on the tilt values generated for this
particular VC token. The slope value calculated from the top graph~0.0469!
corresponds to the value for frame #8 in the bottom graph. The slope, inter-
cept, and correlation values for the regression shown in the bottom graph are
0.0101,20.0418, and 0.9626, respectively.

521J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Marija Tabain: Effects of prosodic boundary



and fricative contexts are combined here!, there is less of an
effect according to the prosodic boundary, although speakers
AV and GR distinguish the word boundary from the higher
level boundaries. In terms of the percentage of the syllable
duration taken up by the vowel, it is clear that the stronger
the prosodic boundary, the greater the percentage duration of
the vowel. Speaker AV distinguishes all four boundaries,
whereas speaker CV distinguishes the word boundary from
the higher boundaries, and speaker GR distinguishes the
word and accentual boundaries from the utterance and into-
national boundaries. It can therefore be seen that in acoustic
terms, the vowel is temporally reduced the weaker the pro-
sodic boundary, whereas the duration of the consonant is
relatively invariant.

Table II gives the same data as listed in Table I, but with
the durational data listed according to the consonant context,
rather than the prosodic context. Of note here is the signifi-
cantly greater duration of the fricative consonants as opposed
to the stop consonants, but accompanied bylessvariability,
for speakers CV and GR. These results are significant ac-
cording to a one-way ANOVA and a Levene test for homo-
geneity of variances~with the three fricatives collapsed and
the three stops collapsed to form two groups—CV: ANOVA:
F(1,249)5909.68, p50.006 Levene: F(1,249)54.95, p
,0.05; GR: ANOVA F(1,503)5487.77, p50.00 Levene
F(1,503)548.67,p50.00). For speaker AV, the longer fri-
catives@AV: ANOVA: F(1,506)51346.83,p50.00] are not
accompanied by less variability, although her percentage du-
rational data ~percentage of the syllable containing the

vowel! do show significantly less variability for the fricatives
@AV: Levene:F(1,506)532.84, p50.00]. In all, these re-
sults suggest much more stable timing across prosodic
boundaries for the fricatives than for the stops.

Figure 3 presents ellipse plots of meanF1 andF2 val-
ues for the vowel /a/ according to prosodic context. Table III
presents significance results for these data. The ellipses rep-
resent 2.45 standard deviations from the mean. The formant
values were sampled at the temporal midpoint of the vowel.
There is a pattern of increasingF1 values the stronger the
prosodic boundary~the only exception is speaker GR’s utter-
ance value!. There is also a pattern of decreasingF2 values
the stronger the prosodic boundary. These results suggest
that, in articulatory terms, the stronger the prosodic bound-
ary, the lower and more back the /a/ vowel becomes. It can
be seen that for all three speakers, /a/ in the word boundary
context is higher and more forward in the acoustic space. For
speakers AV and CV, the vowel in the utterance boundary
context is lower and more back. The vowel in the
intonational- and accentual-phrase boundaries is between the
other two boundaries. For speaker GR, however, the utter-
ance context /a/ is contained within a very small region in the
center of the plot. This unexpected result will be discussed
below.

B. Formant movement

We now turn to an examination of the more ‘‘dynamic’’
aspects of the acoustic signal. Figure 4 presents formant tran-

TABLE I. ~a! Acoustic durational data for 3 speakers of metropolitan French. Results are listed separately for
each prosodic boundary context (U5Utterance boundary, I5Intonational-phrase boundary; A
5Accentual-phrase boundary; W5Word boundary!. ~b! Significance results for data presented in~a!. For each
speaker, results from a one-way ANOVA are presented in the first column, andpost hocpairwise comparisons
are presented for adjacent pairs in the prosodic hierarchy in the second column~with alpha adjusted to 0.017
following the Bonferroni method!. The direction of the difference is marked by either ‘‘, ’ ’ or ‘ ‘ ., ’ ’ or
‘‘ 5’’ in the case where the result is not significant.

~a!

Vowel duration
~ms!

Consonant duration
~ms!

Percentage duration:
Vowel/syllable

Mean s.d. Mean s.d. Mean s.d. N

AV U 216.9 21.50 140.2 62.95 62.68 11.78 126
I 163.6 20.74 136.2 41.42 55.49 6.88 127
A 139.2 17.67 133.4 42.59 52.11 8.16 128
W 105.0 11.11 116.1 41.73 49.12 9.20 127

CV U 167.5 15.37 122.4 42.99 59.11 11.04 62
I 169.7 12.94 109.9 40.89 61.94 9.07 63
A 165.2 14.00 110.8 42.70 61.20 9.76 63
W 98.6 7.92 99.0 40.05 51.93 11.11 63

GR U 196.2 17.51 126.9 27.93 61.10 5.71 126
I 179.0 24.47 133.7 28.04 57.53 5.19 126
A 169.8 24.18 127.1 28.76 57.55 5.62 126
W 109.8 10.27 106.0 34.80 52.24 8.86 127

~b!
AV

d.f.53504
CV

d.f.53247
GR

d.f.53501

Vowel
duration

F5845.40
p,0.001

U.I.A.W F5453.23
p50.00

U5I5A.W F5448.89
p50.00

U.I.A.W

Consonant
duration

F56.21
p50.00

U5I5A.W F53.30
p,0.05

U5I5A5W F520.45
p50.00

U5I5A.W

% Duration
vowel/syll.

F551.13
p50.00

U.I.A.W F512.46
p50.00

U5I5A.W F539.72
p50.00

U.I5A.W
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sitions for F1 andF2 according to stop consonant context
for the three speakers. Only the intonational, accentual, and
word data are shown on each plot, since the utterance context
was followed by a pause rather than a consonant. Data are
time normalized, and extend from the temporal midpoint of
the vowel /a/ to the VC boundary.

Table IV~a! presents numerical distance, duration, and
peak velocity data for theF1 transition~moving backwards
in time! from the VC boundary to the manually-labeledF1
target~described above in the Method section!. Table IV~b!
presents the corresponding significance results. Utterance

data are included in the table for completeness, but will not
be discussed due to the presence of the pause at the bound-
ary. It should be noted that data presented in Table IV are
based on the hand-markedF1 target, whereas the data plot-
ted in Fig. 4~a! extend from the temporal midpoint of the
vowel to the endpoint.

It can be seen in Fig. 4~a! that F1 at the VC boundary
remains relatively constant. The minimal difference inF1
value at the VC boundary across prosodic contexts is most
likely a reflection of the fact that consonant closure is
achieved, sinceF1 is effectively zero at stop closure. Typical

TABLE II. Acoustic durational data for three speakers. Results are listed separately for each consonant context.

Vowel duration
~ms!

Consonant duration
~ms!

Percentage duration:
Vowel/syllable

Mean s.d. Mean s.d. Mean s.d. N

AV b 148.5 46.06 85.17 18.55 62.45 9.15 84
d 154.5 44.53 91.31 21.78 62.26 7.31 81
g 150.9 49.22 92.26 31.11 61.64 10.31 87
f 160.5 42.53 161.4 27.22 49.35 6.33 80
s 162.0 41.73 175.1 25.90 47.51 5.34 84
b 159.7 42.58 180.2 22.62 46.35 5.28 92

CV b 147.3 30.35 65.75 18.01 68.91 7.38 40
d 150.0 35.35 74.32 27.50 66.85 8.63 39
g 152.1 29.18 73.40 21.03 67.59 5.40 40
f 146.0 33.60 140.6 17.13 50.37 6.38 44
s 154.2 33.02 150.2 13.93 50.12 5.47 48
b 151.0 34.77 146.8 17.20 50.14 5.88 40

GR b 155.6 33.79 105.6 22.97 59.41 4.57 84
d 159.1 35.55 107.8 26.56 59.67 4.17 88
g 155.8 38.27 92.5 29.08 62.94 8.73 89
f 165.3 40.08 143.0 16.49 52.96 6.53 84
s 175.6 39.81 146.3 16.52 53.98 5.30 80
b 171.6 38.04 150.0 15.81 52.79 6.01 80

FIG. 3. Ellipse plots ofF1 –F2 data for /a/, for three
speakers of metropolitan French (AV5female; CV and
GR5male). Only the mean values for each prosodic
context are shown, with ellipses representing 2.45 stan-
dard deviations from the mean. Data were sampled at
the acoustic midpoint of the vowel. U5Utterance
boundary, I5Intonational-phrase boundary; A
5Accentual-phrase boundary; W5Word boundary.
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coarticulatory effects, such as the higherF1 in the /b/ con-
text ~cf. Recasens, 1999!, can also be discerned on the plot.

It can be seen in Table IV that distance of theF1 tran-
sition increases with the stronger prosodic boundaries
~speaker AV, however, shows very little difference in dis-
tance values!. Examination of Fig. 4~a! shows that this is
primarily due to the vowel target changing, sinceF1 at the
VC boundary was relatively invariant. Duration values also
generally increase with the stronger prosodic boundaries. As
regards the velocity data, it is only speaker AV who seems to
show an effect of peak velocity inF1 across prosodic con-
texts, with velocity being greater in the word context than in
the intonational or accentual contexts. This is perhaps due to
the fact that herF1 distance remains relatively constant,
while duration decreases.

A different scenario applies forF2 compared toF1.7

Here, two sets of observations can be made: the first regards
the consonant values at the VC boundary, and the second
regards the vowel target values in relation to the consonant
values. Regarding the consonant values, it can be seen in Fig.
4~b! that for /g/, theF2 values at the VC boundary are dis-
placed towards theF2 –F3 velar ‘‘pinch’’ for this consonant
in the weaker prosodic boundaries. Although the trend is
apparent, results are only significant for speaker AV@AV:
ANOVA: F(2,63)58.44, p,0.001] with Bonferroni-
adjusted post hoc tests showing: intonational (mean
51858 Hz),accentual (1978 Hz)5word ~2058 Hz!.

By contrast, for /d/, there is no significant difference in
F2 values at the boundary. This said, for speakers AV and
CV there is a significant difference in the distance between
theF2 boundary and theF2 target for /d/, but not for either
of the other consonants@/d/: AV: ANOVA: F(2,58)54.08,
p,0.05; CV: ANOVA: F(2,27)58.06, p,0.01].
Bonferroni-adjustedpost hoctests for both speakers showed
that intonational5accentual.word. As can be seen in Fig.
4~b! speakers AV and CV’s word context data for /d/ show
effectively a straight-line transition. This shows that the
vowel target values preceding /d/ accommodate to the con-
sonant more in the weaker prosodic boundaries. It can further
be seen in Fig. 4~b! that the vowel target values for /g/ are
likewise displaced in the direction of the consonant. Thus,
there is evidence that for both /d/ and /g/, theF2 vowel data
are displaced in the direction of the consonant, and that for
/g/, there is greater variability in the consonantF2 than for
/d/. These observations on variability are confirmed by the
statistics: there is a significant effect on variability inF2 at
the consonant boundary for all three speakers@AV: Levene:

F(2,187)59.98, p,0.0001; CV: Levene: F(2,87)56.57,
p,0.01; GR: Levene:F(2,193)55.03,p,0.01], with post
hoc tests showing that /d/ has less variability than /b/ and /g/
for speakers AV and CV, and /b/ has more variability than /d/
and /g/ for speaker GR. Clearly, there is very little variability
in F2 for /d/.

An examination of peak velocity data~calculated as the
maximum value of the first differential of the transition! for
F2 showed few differences between the intonational, accen-
tual, and word contexts. Of course, peak velocity was sig-
nificantly less in the utterance context since the vowel was
always followed by a pause~peak velocity in this case was
near zero!. However, speaker GR did show a significant ef-
fect of prosodic boundary on peak velocity for his /g/ data
only @GR: ANOVA: F(2,64)53.56, p,0.05], but
Bonferroni-adjustedpost hoctests did not show any signifi-
cant differences. Nevertheless, both speaker GR’s and AV’s
/g/ data showed a slight increase in peak velocity in the
weaker prosodic boundaries~speaker GR’s /b/ data also gave
significant results, but examination of the mean values
showed that the word data patterned with the intonational
data rather than the accentual data!. The F2 peak velocity
data are presented in Fig. 5. There is a significant effect of
consonant for two of the speakers@AV: ANOVA: F(2,187)
537.43,p50.00; CV: ANOVA: F(2,87)530.71,p50.00],
with post hoctests showing that /g/ has a greater peak ve-
locity for both speakers, with /d/ also having a lesser peak
velocity for speaker AV. There are also some effects on vari-
ability in peak velocity @AV: Levene: F(2,187)53.77, p
,0.05; CV: Levene: F(2,87)53.87, p,0.05], with post
hoc tests showing that speaker AV has greater variability for
/b/ than /d/, and speaker CV has greater variability for /g/
than /d/. The plots in Fig. 5 indicate that /d/ has slightly less
variability in peak velocity. This further supports the hypoth-
esis that for this consonant, the vowel target is displaced in
the direction of the consonant~since distance is reduced to-
gether with duration, thereby making changes in velocity su-
perfluous!.

In sum, there is evidence to suggest thatF2 at the VC
boundary for /d/ remains relatively stable, with the vowel
target value moving towards theF2 consonant value the
weaker the prosodic boundary. The greatest effect of pro-
sodic context onF2 at VC boundary was for /g/, withF2
moving closer to the velar consonant value in the weaker
prosodic boundaries. The vowel target for /g/ was also dis-
placed in the same direction. Such effects of the vowel being

TABLE III. Significance results forF1 andF2 vowel data presented in Fig. 3. For each speaker, results from
a one-way ANOVA are presented in the first column, andpost hocpairwise comparisons are presented for
adjacent pairs in the prosodic hierarchy in the second column~with alpha adjusted to 0.017 following the
Bonferroni method!. The direction of the difference is marked by either ‘‘, ’ ’ or ‘ ‘ ., ’ ’ or ‘‘ 5’’ in the case
where the result is not significant.

AV
d.f.53504

CV
d.f.53247

GR
d.f.53501

F1 Vowel F5312.11
p50.00

U.I5A.W F5175.00
p50.00

U.I5A.W F585.92
p50.00

U,I.A.W

F2 Vowel F555.53
p50.00

U,I,A5W F591.56
p50.00

U,I5A,W F524.00
p50.00

U5I5A,W
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displaced in the direction of the consonant in weaker pro-
sodic boundaries recall the results of Moon and Lindblom
~1994!, who showed that the vowel /i/ was displaced in the
direction of the consonant as the number of syllables in the
word increased. However, with the exception of AV’sF1
data, velocity did not seem to play an important role in sig-
naling prosodic boundaries in the present study: it may be

that velocity only comes into play when the distance between
the consonant and the vowel must be increased for reasons of
clarity, without a concomitant increase in duration.

C. Rate of change in fricative spectral tilt

Table V~a! presents spectral tilt data according to pro-
sodic context for each speaker. Data presented are the num-

FIG. 4. Plots showing formant transi-
tions for ~a! F1 and~b! F2. Each plot
shows data separately for each conso-
nant context for each speaker. Tracks
are time normalized. Each track pre-
sents data from the temporal midpoint
to the temporal endpoint of the /a/
vowel. Dotted lines present data for
the word boundary; solid lines present
data for the accentual-phrase bound-
ary; and dashed lines present data for
the intonational-phrase boundary.
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ber of frames for each class~this allows an approximate cal-
culation of the duration in each analysis context, given the
frame shift of 5 ms!; the mean correlation~r! of the second-
ary regression~the tilt values plotted as a dependent variable
of the frame number!; and the mean slope of the secondary
regression. It is this slope value which measures the rate of

change in spectral tilt across the VC boundary. Table V~b!
presents significance results based on the slope value in
Table V~a!.

Although data are not tabled, tilt values for the vowel /a/
had consistently negative tilt values, whereas the maximum
fricative tilt values in each token were consistently positive.8

TABLE IV. ~a! Transition distance, duration, and peak velocity data for three speakers. Data are calculated
based on the hand-labeledF1 target. Results are listed separately for each prosodic boundary. Only stop
consonant contexts are included.~b! Significance results for data presented in~a!. For each speaker, results from
a one-way ANOVA are presented in the first column, andpost hocpairwise comparisons are presented for
adjacent pairs in the prosodic hierarchy in the second column~with alpha adjusted to 0.017 following the
Bonferroni method!. The direction of the difference is marked by either ‘‘,’’ or ‘‘ .,’’ or ‘‘ 5’’ in the case where
the result is not significant.

~a!

F1 transition
distance

~Hz!

F1 transition
duration

~ms!

F1 transition
velocity
~Hz/ms!

Mean s.d. Mean s.d. Mean s.d. N

AV U 23.22 117.86 73.64 21.39 0.774 2.028 62
I 198.64 77.41 54.46 13.06 7.301 3.500 63
A 211.61 89.26 56.89 16.08 7.395 3.625 64
W 195.63 67.36 44.80 8.37 10.230 4.593 63

CV U 254.48 67.17 39.42 16.44 0.414 1.240 29
I 199.89 58.21 71.39 15.36 5.849 2.426 30
A 212.02 57.56 68.51 15.42 5.651 1.837 30
W 149.33 47.70 44.52 11.05 5.064 1.659 30

GR U 59.64 126.21 61.88 22.69 3.292 4.517 65
I 220.94 56.17 73.25 15.57 9.769 3.913 65
A 191.29 57.58 65.63 21.68 8.433 3.128 65
W 156.67 48.96 48.64 8.12 9.905 3.331 66

~b!
AV

d.f.53248
CV

d.f.53115
GR

d.f.53257

F1 transition
distance

F581.68
p50.00

U,I5A5W F5133.46
p50.00

U,I5A.W F551.65
p50.00

U,I5A.W

F1 transition
duration

F537.61
p50.00

U.I5A.W F536.60
p50.00

U,I5A.W F521.53
p50.00

U,I.A.W

F1 transition
velocity

F578.83
p50.00

U,I5A,W F557.02
p50.00

U,I5A5W F544.57
p50.00

U,I5A5W

FIG. 5. Boxplots ofF2 peak velocity
data for three speakers. Data are plot-
ted according to consonant context
and prosodic context.
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The difference between the minimum tilt and maximum tilt
for each token was, as expected, far greater for the intona-
tional, accentual, and word contexts than for the utterance
context, since only the fricative portion was examined in the
latter context.

It can be seen in Table V that ther values for the
intonational-, accentual-, and word-boundaries are extremely
high, typically above 0.9. This shows that the spectral tilt
values cluster tightly around the line of best fit. The lowerr
values for the utterance context are to be expected, since a
relatively unchanging signal is being measured, thereby
magnifying any measurement errors. These values~generally
around 0.1! suggest, nevertheless, that the utterance data are
reasonably reliable.

It can also be seen in Table V that there is a clear in-
crease in slope values the weaker the prosodic boundary.
This is true for all three speakers~with the exception of
speaker CV’s intonational boundary!. Table V also shows
that the slope values in the utterance context are close to
zero, suggesting no change in the tilt values during the por-
tion which was measured. It can be seen that the utterance
data are clearly separated from the other data. Although the
other three prosodic contexts are not reliably differentiated
by speaker AV, it can be seen that speakers GR and CV
collapse the intonational- and accentual-boundary data into
one class, with the word-boundary data clearly forming a
class of its own. The higher slope values for the word class
suggest that the change from the vowel spectrum to the fri-
cative spectrum occurs much more rapidly in the word con-
text than in the intonational or accentual contexts.

The fact that speaker AV does not seem to differentiate

the accentual, intonational, and word contexts does not im-
mediately seem to be due to measurement error, since in-
creasing the analysis duration from 15% of the syllable to
25% of the syllable made no difference to her results. How-
ever, since Table V shows a pattern of increasing spectral tilt
values the weaker the prosodic boundary for this speaker, it
may be the case that the relatively small number of tokens
~around 20 for each prosodic boundary for each fricative!
leads to less statistically reliable results for this particular
speaker.

D. Summary of prosodic data

Table VI presents eta-squared values for the all of the
data presented above. Eta-squared measures the proportion
of the total observed variance that is accounted for by the
independent variable~in this case, prosodic boundary!, and is
presented as a value between zero and 1. Since the presence
of a pause at the utterance boundary presented a problem for
some of the measures used in this paper, it has been excluded
in the eta-squared analysis for some of the measures~namely,
the fricative spectral tilt measures and theF1 stop transition
measures!. Although the presence of the pause at the utter-
ance boundary made measurement of stop consonant dura-
tion less reliable, no consistent differences across speakers
were found when the utterance data were excluded from the
eta-squared analysis of consonant duration. For this reason,
utterance data are included in the eta-squared values for con-
sonant duration. Furthermore, since there were no problems
measuring vowel duration at the utterance boundary, the ut-

TABLE V. ~a! Spectral tilt data for fricatives in four prosodic context. ‘‘No. of Frames’’ gives the number of
FFTs carried out across the vowel–fricative token, with spectral tilt being calculated for each FFT. Ther value
is based on a Pearson product-moment correlation of the spectral tilt values for each FFT plotted against its
frame number in the token. The slope value is calculated based on a regression of these tilt values plotted
against the frame number, and gives the rate of change in tilt.~b! Significance results for data presented in~a!.
For each speaker, results from a one-way ANOVA are presented in the first column, andpost hocpairwise
comparisons are presented for adjacent pairs in the prosodic hierarchy in the second column~with alpha
adjusted to 0.017 following the Bonferroni method!. The direction of the difference is marked by either ‘‘,’’ or
‘‘ .,’’ or ‘‘ 5’’ in the case where the result is not significant.

~a!

No. of frames r Slope

Mean s.d. Mean s.d.
Mean
e23

s.d.
e23 N

AV U 14.59 2.17 0.17 0.37 0.33 0.71 64
I 10.84 0.89 0.93 0.04 6.96 1.87 64
A 10.00 0.82 0.92 0.05 7.35 2.01 64
W 8.39 0.68 0.90 0.08 7.67 2.48 64

CV U 11.36 1.29 0.06 0.45 0.18 1.14 33
I 10.00 0.83 0.92 0.04 9.41 2.72 33
A 9.94 0.75 0.91 0.05 9.31 2.67 33
W 7.51 0.62 0.93 0.05 12.42 2.98 33

GR U 10.61 1.49 0.18 0.45 0.50 1.17 61
I 10.90 0.89 0.87 0.10 6.19 2.10 61
A 10.28 1.03 0.88 0.10 7.01 2.31 61
W 7.97 0.63 0.94 0.04 10.23 2.64 61

~b!
AV

d.f.53252
CV

d.f.53128
GR

d.f.53240

Spectral tilt F5222.04
p50.00

U,I5A5W F5150.06
p50.00

U,I5A,W F5220.76
p50.00

U,I5A,W

527J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Marija Tabain: Effects of prosodic boundary



terance data were included in the eta-squared analysis of per-
centage vowel duration~percentage of the syllable comprised
of the vowel!.

It can be seen that prosodic boundary has an extremely
large effect on vowel duration~explaining around 80% of the
total variance!, and an almost negligible effect on consonant
duration. Presumably, consonant identity has a large effect
on consonant duration; nevertheless, previous observations
have suggested that the effect of prosodic boundary is greater
for the vowel than for the consonant duration, so that these
eta-squared results are consistent with data that have already
been presented. By extension, prosodic boundary also has an
important effect on syllable duration, and to a lesser extent
on percentage vowel duration.

An interesting result is that prosodic boundary has a
greater effect onF1 vowel than onF2 vowel, with the re-
sults being particularly strong for speakers AV and CV
~around 65% forF1 vowel!. This is presumably related to
differences in tongue body and jaw height~see Tabain@sub-
mitted#, where strong prosodic effects were found for tongue
body height, but not so for backness!.

Turning to the more dynamic measures, for which the
utterance boundary data have been excluded: the effect of
prosodic boundary onF1 distance and duration is reasonably
strong for speakers CV and GR, and less so for speaker AV
~the effect onF1 distance is almost negligible for this
speaker!. The effect onF1 velocity is reasonably strong for
speaker AV and less so for speakers CV and GR. The effect
of prosodic boundary on rate of change in spectral tilt is
reasonably strong for speakers CV and GR, and negligible
for speaker AV.

In sum, the effects of prosodic boundary are extremely
strong on vowel duration and onF1 vowel.

IV. SUMMARY AND DISCUSSION

The current results have shown that there is an interac-
tion between acoustic segment durations and the prosodic
hierarchy, with consonants relatively unaffected by the pro-

sodic boundary and vowels highly affected by the prosodic
boundary. In addition, the stability of the fricative consonants
is much greater than that of the stop consonants in terms of
duration. Vowel formant values suggest a lower and more
back articulation for the /a/ the stronger the prosodic bound-
ary.

For one speaker, GR, the vowel data for the three lower
prosodic boundaries showed the effects of the prosodic hier-
archy, whereas the data for the utterance context showed a
more centralized vowel in this context. This acoustic pattern-
ing is similar to that seen in Johnson and Martin~2001!:
namely, a centralization of the vowel data at the end of the
utterance compared to the start of the utterance. Such effects
are believed to be due to articulatory declension~greater hy-
perarticulation at the beginnings of utterances than at the
ends of utterances—Vayra and Fowler, 1992; Krakow, Bell-
Berti, and Wang, 1994!. Articulatory declension~as the name
suggests! is believed to have an articulatory/biological basis,
and indeed, the results from speaker GR’s jaw movement
data presented in Tabain~submitted! show that the utterance
boundary data pattern between the accentual-phrase and the
word data with their higher jaw position, rather than lower
jaw position. It is interesting that speaker GR’s tongue data,
however, do not show the same pattern~i.e., in the utterance
context, the tongue data show the expected effects of the
prosodic hierarchy!. It is not clear just why the tongue has no
apparent effect on the acoustic output as shown here, and
why the jaw seems to have ‘‘won out’’ in terms of acoustic
effects. It may be noted that Harrington, Beckman, and
Fletcher~2000! present similar results where the lower jaw
position for a stressed /i/ leads to a greater rms energy de-
spite a higher and more fronted tongue position. For further
discussion of the competing constraints of articulatory de-
clension and the prosodic hierarchy, the reader is referred to
Tabain~submitted!.

Regarding the dynamic data,F2 at the VC boundary
was more affected by the prosodic context for /g/ than for the
other consonants.F2 boundary remained relatively invariant
for /d/. There was evidence to suggest that the vowel target
for /a/ was displaced in the direction of the consonant for
both /d/ and /g/. It was less clear what was happening with
the /b/ data. In terms of variability inF2 for the consonant,
/b/ seemed to behave like /g/, although there was no clear
pattern ofF2 consonant moving either in the direction of the
consonant or towards the vowel.

For one speaker,F1 peak velocity increased in the
weaker prosodic boundaries for the stop consonants~accom-
panied by no difference in distance, but reduced duration!,
andF2 peak velocity seemed to increase in the weaker pro-
sodic boundaries for /g/ only, for another speaker. For two
speakers, rate of change in spectral tilt increased in the
weaker prosodic boundaries for the fricative consonants.
These results suggest that velocity plays a role in the mark-
ing of prosodic boundaries.

Taken together, the above results suggest the presence of
acoustic, and hence possibly perceptual, cues to the various
prosodic boundaries examined. However, the study of articu-
latory prosody is relatively new, and perceptual studies based
on the few acoustic findings to date have not really begun.

TABLE VI. Eta-squared results for various measures examined in this study.
The eta-squared value gives the proportion of total variance accounted for
by the independent variable of prosodic boundary. Note that utterance
boundary data were excluded for the measures marked with an asterisk~* !,
since the presence of a pause at the utterance boundary was problematic for
these measures~see the Method section for more details!.

AV CV GR

Vowel
duration

0.834 0.846 0.729

Consonant
duration

0.036 0.039 0.109

% vowel 0.233 0.131 0.192
F1 vowel 0.650 0.680 0.340
F2 vowel 0.248 0.527 0.126
F1 transition
distance*

0.008 0.203 0.192

F1 transition
duration*

0.142 0.430 0.294

F1 transition
velocity*

0.108 0.028 0.036

Spectral tilt* 0.018 0.216 0.357
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Although many studies have focused on duration as cues to
prosodic boundaries~e.g., Turk and Sawusch, 1996!, percep-
tual studies of spectral and dynamic cues to prosodic organi-
zation are rare. However, if the cues to prosodic boundary
include spectral cues as well as duration, intensity, andF0
cues, we will have further evidence that the speech signal
shows a good deal of redundancy in order to facilitate the
task for the listener.

One type of redundancy which may exist involves the
interaction of duration and velocity cues. For instance, it may
be suggested that the increase in velocity at the weaker pro-
sodic boundaries observed for the fricative tilt data could be
predicted by durational measures. However, this would not
explain the results for speaker AV, for example, who did not
show significant results in the spectral tilt data, but who~like
the other speakers! did show significant results in the dura-
tion data. It was also observed that there was an interaction
between distance, duration, and velocity for theF1 transi-
tion, with one speaker using velocity to effect an unchanging
distance as duration decreased according to prosodic bound-
ary, whereas the other two speakers had no velocity effects
due to both distance and duration decreasing together. How
would listeners reconcile the different temporal strategies
used by the different speakers, assuming listeners use such
temporal information as cues? Such interactions between du-
ration and velocity need to be better understood.

A further point of interest also regards velocity. It was
mentioned in the Introduction that Wouton and Macon
~2002a! found that F1 –F2 –F3 transition slopes
~5velocity! were greater in more linguistically prominent
positions such as stressed syllables or pitch-accented syl-
lables. However, the opposite effect was observed here: ve-
locity tended to be greater in less linguistically salient posi-
tions, such as the word boundary, rather than more prominent
positions, such as the utterance or intonational phrase bound-
ary. This is most probably due to the fact that VC transitions
were examined in the present study, since Wouton and Ma-
con noted that the effects they described were true for CV
transitions, and that the case was not so clear for VC transi-
tions. The possible reasons for these differences were out-
lined in the Introduction section with reference to Kozhevni-
kov and Chistovich’s theories of articulatory planning. It
should be noted that articulatory results presented in Tabain
~submitted! show that there is a tendency for velocity toin-
creasegoing from /t/ to /a/ the stronger the prosodic bound-
ary, and todecreasegoing from /a/ to another consonant the
stronger the prosodic boundary. The /ta #/ transition was not
examined in the present acoustic study; however, it is ex-
pected that such a CV transition would show the opposite
effect to the VC transitions examined here~namely, an in-
crease in peak velocity the stronger the prosodic boundary!.

Several differences were observed in the present study
according to consonant class. Perhaps one of the more inter-
esting results was for theF2 transitions, which showed that
the consonant formant value for /d/ was much more stable
across prosodic contexts than that for /g/—these are precisely
the sorts of results which occur in studies of CV coarticula-
tion for these consonants~Ohman, 1966; Butcher and
Weiher, 1976; Krull, 1987!. It was also interesting to note

that theF2 for the vowel appeared to be displaced in the
direction of the consonant in the weaker prosodic bound-
aries, similarly to Moon and Lindblom’s~1994! results ac-
cording to number of syllables in the word. All these results
are in addition to the clear acoustic effects observed on
vowel target formant values, with a lower and more back /a/
vowel in the stronger prosodic boundaries.

In sum, this study has shown that the effects of the pro-
sodic hierarchy on the speech signal are not restricted to
durational effects—there are spectral effects which the
present paper has only begun to elucidate. One can only
assume that these spectral effects have perceptual conse-
quences, for, as recent work by Wouton and Macon~2002b!
has shown, a good description of such effects can lead to a
significant improvement in the quality of synthetic speech. It
is hoped that the acoustic results presented in the current
paper will motivate perceptual studies of the relative impor-
tance of spectral effects~in addition to amplitude, duration,
and F0 cues! in alerting listeners to the presence of a pro-
sodic boundary.
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1Since prosodic structure as described here is treated as hierarchical, ‘‘stron-
ger’’ prosodic boundaries such as the utterance or intonational phrase may
also be referred to as ‘‘higher’’ prosodic boundaries in the hierarchy. Like-
wise, a ‘‘weaker’’ prosodic boundary such as the word or syllable may be
referred to as ‘‘lower’’ in the hierarchy.

2It should be noted that Jun and Fougeron~2000! have proposed an addi-
tional level, namely the intermediate phrase~ip!, between the AP and the IP.
However, they note that further research is needed to support this level of
the ip, and for this reason, the hypothesized ip is ignored in the present
study.

3One reviewer asked why the spectral tilt analysis was carried out only for
the fricative data, and not for the stop data, given that Smitset al.’s ~1996!
results were for stops. The initial reasoning for this approach to the current
study was that Smitset al.’s results were for CV transitions, which by
definition include a stop burst, whereas in the present study, the VC tran-
sitions studied precluded the existence of a stop burst. Since a stop burst,
like a fricative spectrum, has a concentration of energy in the higher fre-
quencies, whereas a vowel has a concentration of energy in the lower
frequencies, the change in spectral tilt will not be as great if only a vowel-
like portion is analyzed, as opposed to a sequence of vowel-like and burst-
like spectra. Given that the purpose of the current study was to explore
possible spectral effects of the prosodic structure, it was felt that the analy-
sis of formant movement into the stop consonant was sufficient in this case.
However, it is true that there is no reason why an analysis of spectral rate
of change moving from the vowel into the stop consonant should not be
attempted, so long as the fact that there is no stop burst present is taken into
consideration.

4A reviewer asked whether the fact that the burst following release of the /t/
was included as part of the vowel duration would in any way make com-
parison with results from other studies on articulatory prosody problematic,
since the burst is not usually included as part of vowel duration in these
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studies. In answer to this questions, it is expected that the inclusion of the
burst would have a minimal effect on comparison across studies, since
voiceless stops in French are not aspirated, and since the duration of the
burst is small compared to the duration of the vocalic portion proper.

5Badin ~1989! has shown that the spectral tilt of fricatives is strongly af-
fected by the intensity of the articulation, with greater dB intensity resulting
in a greater enhancement of the higher frequencies, and hence a greater tilt
value. It is therefore important not to include the initial few milliseconds of
fricative duration, where rms energy has not yet reached its peak. It should
also be mentioned here that rms energy in the fricatives was examined
according to prosodic context, and that no pattern was found to these data.
One can therefore be confident that the tilt values presented here are not
affected by different intensities of articulation according to prosodic con-
text. ~Note that since the acoustic recordings were carried out together with
EMA data recordings, the microphone was fixed to the headset worn by the
subject for the articulographic measurements; hence, distance between the
speech output and the microphone remained constant throughout the re-
cording!.

6In the text and in tables, ‘‘p50.00’’ means that ‘‘p’’ is equivalent tozero
since in the statistics program used for this study~STATISTICA!, the value
returned for ‘‘p’’ was 0 to 6 decimal places.

7Due to the importance ofF2 to consonant place of articulation, the results
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Modifying the vocal tract alters a speaker’s previously learned acoustic–articulatory relationship.
This study investigated the contribution of auditory feedback to the process of adapting to
vocal-tract modifications. Subjects said the word /tɑs/ while wearing a dental prosthesis that
extended the length of their maxillary incisor teeth. The prosthesis affected /s/ productions and the
subjects were asked to learn to produce ‘‘normal’’ /s/’s. They alternately received normal auditory
feedback and noise that masked their natural feedback during productions. Acoustic analysis of the
speakers’ /s/ productions showed that the distribution of energy across the spectra moved toward
that of normal, unperturbed production with increased experience with the prosthesis. However, the
acoustic analysis did not show any significant differences in learning dependent on auditory
feedback. By contrast, when naive listeners were asked to rate the quality of the speakers’
utterances, productions made when auditory feedback was available were evaluated to be closer to
the subjects’ normal productions than when feedback was masked. The perceptual analysis showed
that speakers were able to use auditory information to partially compensate for the vocal-tract
modification. Furthermore, utterances produced during the masked conditions also improved over a
session, demonstrating that the compensatory articulations were learned and available after auditory
feedback was removed. ©2003 Acoustical Society of America.@DOI: 10.1121/1.1529670#

PACS numbers: 43.70.Fq, 43.70.Aj, 43.70.Dn@AL #

I. INTRODUCTION

In order to learn to produce speech, children must learn
the unique configuration of their vocal tracts. Even after
speech acquisition, children’s speech motor control systems
must adapt to gradual changes in the shape and size of their
vocal tract due to growth. By comparison, changes to the
vocal tract are relatively minor after puberty~Benjamin,
1997!. However, adults may still be confronted with severe
vocal-tract modifications if they lose teeth, acquire dentures,
or wear other types of dental appliances. These vocal-tract
alterations often mean that previously learned articulations
do not produce speech sounds of the same quality. To adjust
to the new articulatory–acoustic relationship resulting from
vocal-tract modifications, speakers must modify their previ-
ously learned articulations in order to produce perceptually
adequate speech sounds.

A number of studies have demonstrated that adult speak-
ers can compensate to some degree for structural changes to
the oral cavity. Laboratory manipulations have involved sub-
jects wearing dental prostheses. For instance, Hamlet and her
colleagues conducted a series of studies in which subjects
had to learn to speak while wearing an ‘‘artificial palate’’ that
covered the alveolar ridge region of the mouth~Hamlet,
1973; Hamlet, Cullison, and Stone, 1979; Hamlet and Stone,
1976, 1978; Hamlet, Stone, and McCarty, 1978!. Observa-

tions of sibilant articulations using techniques such as elec-
tropalatography, ultrasound, and magnetic resonance imag-
ing have shown that accurate sibilant production relies on the
exact placement of the tongue relative to the palate in order
to form a medial groove~Fletcher and Newman, 1991;
Narayanan, Alwan, and Haker, 1995; Stoneet al., 1992!. The
presence of the artificial palate caused the tongue to contact
the alveolar ridge sooner than it would normally and to re-
lease contact later than it should, lengthening frication and
altering the width of the groove of the tongue~Hamletet al.,
1979!. These deleterious effects tend to be greater when the
thickness of the palate is increased.

Subjects eventually do improve the quality of their
speech in the presence of the artificial palate~Hamlet, 1973;
Hamlet and Stone, 1976, 1978; Hamletet al., 1978, 1979!.
Small improvements are apparent after a relatively small
number of practice trials that occur within an hour-long ex-
perimental session~McFarland, Baum, and Chabot, 1996!.
However, several days to weeks are often needed to achieve
normal sounding productions~Hamlet and Stone, 1976;
Hamletet al., 1978!. Once adaptation has occurred, it takes
only a few minutes of practice to readapt to the artificial
palate even if months have elapsed since a subject’s previous
exposure to the altered oral environment~Hamlet et al.,
1978!.

The contribution of auditory feedback to learning to pro-
duce normal speech in the presence of these novel vocal-tract
manipulations is not known. It is widely believed that thea!Electronic mail: jones@atr.co.jp
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availability of auditory feedback regarding speech perfor-
mance is particularly important for the development of nor-
mal speech in children~Borden, 1979; Oller and Eilers,
1988; Osberger and McGarr, 1982; Smith, 1975!. However,
longitudinal studies of postlingually deafened individuals
suggest that auditory feedback is also a factor in the long-
term maintenance of accurate speech in adults. Abnormali-
ties in the control of pitch, loudness, and the rate of speech
appear quite soon after hearing is lost. Longer periods of
deafness lead to increased variability in consonant and vowel
production~Binnie, Daniloff, and Buckingham, 1982; Cowie
and Douglas-Cowie, 1992; Lane and Webster, 1991; Wald-
stein, 1990!.

Evidence from the experimental manipulation of the au-
ditory feedback received by normal-hearing individuals con-
firms these clinical data. For example, masking the auditory
feedback of hearing individuals affects aspects of speech
such as pitch~e.g., Rivers and Rastatter, 1985; Ternstro¨m,
Sundberg, and Collden, 1988!. Modifications of the spectra
of feedback often lead to immediate changes in speech that
are dependent on the frequencies filtered~Garber and Moller,
1979!. If subjects’ feedback regarding theirF0 is artificially
raised or lowered, they tend to compensate by shifting their
vocal pitch in the opposite direction of the perturbation~Bur-
nett et al., 1998; Donath, Natke, and Kalveram, 2002; El-
man, 1981; Jones and Munhall, 2000, 2002; Kawahara,
1995a, 1995b!.

Longer-term effects have also been induced. For ex-
ample, Houde and Jordan~1998! asked subjects to whisper
one-syllable words while they received altered auditory feed-
back regarding their vowel productions. Subjects heard feed-
back in which the formants of the vowels they were produc-
ing were gradually shifted enough over time to change the
vowels’ phonetic identity. Subjects compensated for the for-
mant transformations. These compensations persisted even
during trials in which feedback was masked by noise. Sub-
jects either modified their existing mapping between their
vocal-tract productions and their acoustic feedback or devel-
oped a new mapping. Analogous results were obtained when
Jones and Munhall~2000, 2002! gave subjects altered audi-
tory feedback regarding their fundamental frequency produc-
tions.

These data suggest that auditory feedback is used both to
make online corrections and for the longer-term calibration
of the mapping between speech gestures and the resulting
acoustic feedback. Feedback may become even more crucial
under circumstances where the characteristics of the vocal
tract or motor system are altered.

There is little previous work on the specific importance
of auditory feedback in adapting to the novel acoustic-motor
mapping brought about by altering the vocal tract. However,
a number of clinical observations indicate that recovery
without auditory feedback is very difficult. For example, Per-
kell et al. ~1995, 2000a! described a subject who became
deaf as a result of surgery to remove bilateral acoustic neu-
romas. During the surgery, the subject received an auditory
brainstem implant that provided her with information regard-
ing the auditory envelope but did not provide information
regarding spectral cues. Despite her situation, the subject still

maintained a good /s/ versus /b/ contrast. However, when a
subsequent operation caused her to suffer a slight weakness
on the left side of her tongue due to denervation of the
tongue muscles, she lost the /s/ and /b/ contrast and could not
regain accuracy. Perkell and his colleagues concluded that
the loss of the important auditory information did not allow
her to correct for the altered acoustic-motor relationship.

Experimental data have so far not supported these clini-
cal findings. For example, Garberet al. ~1980b! conducted
one of the few investigations on the effect that noise has on
adapting to an artificial palate. They found that masking
noise did not differentially affect productions with the appli-
ance in the mouth compared to productions made without it.
More recently, Honda and Kaburagi~2000! examined the
effect masking noise had on compensations to rapid changes
in palatal thickness. Immediate but incomplete compensa-
tions of tongue position were found when the thickness of an
artificial palate was suddenly changed during production of
fricatives. Although only a small number of subjects partici-
pated in a perceptual experiment assessing the quality of the
speakers’ productions, the authors concluded that auditory
information did not play a significant role in compensations
and that tactile information regarding tongue–palate contact
or intraoral pressure is likely essential for the process.

Indeed, the importance of tactile information for com-
pensations to vocal-tract perturbations has been shown for
other types of manipulations. For example, a number of in-
fluential studies have shown that when subjects are asked to
produce vowels with a ‘‘bite block’’ inserted between their
teeth, they compensate for the bite block’s presence with
very little or no practice~Fowler and Turvey, 1980; Gay,
Lindblom, and Lubker, 1981; Kelso and Tuller, 1983; Lind-
blom and Sundberg, 1971!, even from the first glottal pulse
~Lindblom, Lubker, and Gay, 1979; cf. Flegeet al., 1988;
McFarland and Baum, 1995!. In order for the perceptual
identity of a phoneme to be maintained with a bite block in a
speaker’s mouth, an unnatural articulator configuration must
be used. Somatosensory and proprioceptive information is
available regarding the position of the articulators and the
nature of the bite block restricting movement before speakers
speak. This information helps the speech motor control sys-
tem reorganize speech even prior to movement initiation.

The results from bite block studies highlight the impor-
tance of somatosensory information in adjusting to novel
speech conditions. They also illustrate a potential confound
that exists in many of the studies that have experimentally
altered vocal tracts in ways that reduce or affect tactile feed-
back. In particular, studies that have involved artificial pal-
ates as a tool to explore adaptation have all been confounded
by a reduction of tactile information. Covering the palate
with an acrylic shield results in a loss of sensory information
and may affect the strategies that subjects use during adap-
tation. Therefore, discerning the precise contributions of au-
ditory and tactile feedback to the adaptation process is very
difficult using these kinds of manipulations.

The goal of the present investigation was to examine the
contribution of auditory feedback to learning a novel
acoustic-motor relationship by modifying the vocal tract in a
way that did not hinder movement or reduce somatosensory
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information. To that end, speakers wore a dental prosthesis
that extended the length of their teeth by a few millimeters.
The prosthesis did not affect the speakers’ bite. In addition, it
was only in contact with the teeth and did not cover any oral
tissues so that tactile information normally available was still
present with the prosthesis inserted.

Because the prosthesis extended the teeth, production of
sibilants was altered. To produce an /s/, speakers must posi-
tion their tongue against the dento-alveolar ridge and force
air through a short midsagittal groove along the anterior of
their tongue blade. Sound is generated when the airstream
hits the lower or upper incisors~Shadle, 1985!. The presence
of the teeth causes an increase in the amplitude of the noise
and generates an antiresonance in lower frequencies~Shadle,
1991!. The lengthened teeth provided an abnormal obstruc-
tion to the airflow normally required for sibilant production
and modified the turbulence. The small cavity in front of the
constriction would therefore be increased, causing the reso-
nance frequencies to be lower. Speakers would have to find a
way to increase the power of higher frequencies and would
likely do this by moving their tongue blade to a more ante-
rior position.

In the first experiment, subjects were asked to produce
normal sounding /s/’s while wearing the dental prosthesis.
This task required subjects to modify their normal /s/ tongue
position in order to produce a good-sounding sibilant. The
quality of the /s/’s was measured by having subjects say the
monosyllable /tɑs/. Incorporating the /s/ into the word /tɑs/
prevented subjects from simply maintaining a static tongue
position for the entire experiment; in order to say the word
/tɑs/, the tongue must move from the position necessary to
produce the open vowel /ɑ/, up to the dento-alveolar ridge to
produce the /s/. Thus, the /s/ production had to be coordi-
nated for each trial.

During the experiment, subjects were allowed to prac-
tice with the dental appliance while hearing their speech and
then were tested in the presence of masking noise in order to
track their adaptation to the device. Acoustic analyses were
used to parametrize the changes in the power spectrum of the
/s/ over time~see Stoica and Moses, 1997, for discussion of
the computation of power spectral density!. In a second ex-
periment, the perceptual judgments of naive listeners were
used to evaluate the quality of the /s/’s speakers produced
over the course of the experimental session.

Our design allowed us to tease apart the contribution of
auditory feedback from that of other sources of feedback. If
auditory feedback is the primary vehicle for learning, then
we should observe that greater improvement occurs during
blocks when utterances are produced with feedback available
in comparison to blocks in which utterances are produced
with feedback unavailable. Thus, the learning we observe
over a session should occur in a stepwise fashion, with in-
cremental improvements only occurring during blocks when
feedback is available. On the other hand, if auditory feed-
back is not crucial for learning the compensations necessary
in the presence of the prosthesis, then any improvements
observed should be equivalent for the feedback and masked
conditions.

II. EXPERIMENT 1

In the first experiment, speakers were asked to learn to
produce adequate /s/ sounds in the context of the word /tɑs/
over the course of training trials.

A. Method

1. Vocal tract modification

a. Subjects. Six females between 22 and 36 years of age
~mean age527 years! participated. All subjects were gradu-
ate students at Queen’s University in Canada and were native
speakers of Canadian English. They reported having no his-
tory of hearing, speech, or language difficulties or disorders.
Five of the subjects had received orthodontic treatment for
an average of 2.4 years during their teenage years. All the
subjects had a Class I occlusion~‘‘normal bite’’ ! and thus
their maxillary incisors were situated anterior to the man-
dibular incisors when their mouth was closed.

b. Dental prosthesis. Dental impressions were made of
each subject’s maxillary and mandibular teeth. Using the im-
pressions, an acrylic prosthesis was constructed. The pros-
thesis lengthened the teeth between 5 and 6 millimeters but
did not affect the subjects’ bite. The prosthesis fit onto the
buccal and occlusal surfaces of the maxillary incisor teeth
and did not require an adhesive or wire clasps to remain
fixed in place. Figure 1 is a depiction of the prosthesis on a
subject’s teeth.

c. Recording equipment. Sessions took place in a
double-walled soundproof booth~Industrial Acoustics Cor-
poration, model 1204!. The sessions were recorded on digital
audiotape so that analysis of the signals could later be carried
out using algorithms incorporated into thePRAAT software
program ~Boersma, 1993!. Subjects’ speech sounds were
transduced with a headset microphone~Shure WH20! posi-
tioned a fixed distance from their mouth~approximately 5
cm!. The speech signals were amplified~Tucker-Davis MA2
microphone amplifier! and filtered ~Tucker-Davis FT6-2!
with a 9 kHz cutoff. The signals were then routed to a mixer
~Rolls RA62! where they were mixed with white noise
~Grason-Stadler 901B!. The combined noise and signal were
together sent to a Yorkville reference amplifier~model SR
300! that transmitted the sound through Etymotic~ER-2! ear-
phones foam inserts placed in the subjects’ ear canals. The
masking noise was approximately 75 dB SPL. Our pilot
work showed that this level effectively masked voiceless

FIG. 1. ~A! Depiction of the dental prosthesis in the subject’s mouth.~B! A
sagittal view of the maxillary teeth with the prosthesis in position~prosthesis
indicated by the gray arrow!. Note that the prosthesis did not affect the
subject’s bite when the mouth was closed.
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sounds. The white noise was absent during trials in which the
subjects were to receive auditory feedback regarding their
utterances. Subjects monitored a vertical array of light-
emitting diodes located in front of them. The array indicated
the sound level of their productions and was used to keep
their speech at similar levels across the different auditory
conditions.

d. Procedure. The design of the experiment is schemati-
cally depicted in Fig. 2. Each experimental session consisted
of two sessions. After the first session, subjects were given
the opportunity to rest and drink water. However, both ses-
sions occurred in a single stint that lasted less than an hour.
Within each block, subjects made 10 productions of /tɑs/ in
each of the following 15 blocks.

~1! The first block was a baseline condition in which sub-
jects were recorded producing /tɑs/ without the prosthe-
sis inserted into their mouth, and without any masking
noise present. These initial utterances represented the
normal /s/ productions for each subject and were later
compared to other blocks to evaluate the progress of
learning and the effects noise and the prosthesis had on
production.

~2! The second block involved subjects producing utter-
ances without the prosthesis in their mouth but in the
presence of the white noise. This block controlled for
the influence of masking noise on subjects’ utterances
in the absence of the vocal tract perturbation. It was
used to establish the subjects’ baseline productions in
the absence of auditory feedback.

~3! In the next block, subjects produced utterances while
wearing the prosthesis. Their auditory feedback was
masked by noise and these utterances demonstrated the

subjects’ ability to compensate for the modification of
the oral environment without the aid of auditory feed-
back.

~4! During the fourth block, subjects were given their first
opportunity to practice saying /tɑs/ while wearing the
prosthesis and receiving auditory feedback regarding
the accuracy of their productions. Any differences ob-
served between this block and the one previous can be
attributed to the availability of the acoustic feedback
~interacting with potential practice effects!.

~5! Subjects were again asked to produce utterances in the
presence of masking noise while wearing the prosthe-
sis. These utterances were later compared to those
made in the block previous to this one in order to test
learning that may have occurred while receiving audi-
tory feedback.

~6!–~13! These blocks were merely alternations of the avail-
ability of auditory feedback~block 4! and speaking in
the presence of masking noise~block 5! to give speak-
ers practice over a number of trials.

~14! During the second to last block, the subjects removed
the prosthesis from their mouth and produced ten utter-
ances in the presence of masking noise. These utter-
ances were compared to those they made before the
appliance was first placed in their mouth to determine if
there was any evidence of carry-over effects that re-
sulted from learning the new articulatory behavior.

~15! Subjects produced /tɑs/ in the absence of noise and
without the prosthesis in their mouth.

2. Acoustic analyses

Although a number of techniques for parametrizing fri-
catives have been proposed, finding a good numerical
method for characterization and classification of fricatives is
still a problem. We determined the centroid~first moment! of
the long-term average spectrum of each /s/ production using
functions implemented inPRAAT ~Boersma, 1993!. The first
moment or ‘‘centroid’’ is an index of the ‘‘center of gravity’’
of the spectrum for each fricative. Centroids have been found
to correlate with the perceptual categorization of some frica-
tives and may therefore represent a perceptually salient fea-
tures that speakers modify to alter the quality of their frica-
tive productions ~Forrest et al., 1988!. For example, /s/
sounds typically have higher centroid frequencies than /b/
sounds produced by the same speaker~Nittrouer, Studdert-
Kennedy, and McGowan, 1989!.

During the production of an /s/, speakers modify their
air pressure as well as their tongue blade and tip position in
order to direct a jet of air at the teeth. This jet of air is
directed to the surface of the teeth. The presence of unex-
pectedly long teeth would cause the normally small cavity in
front of the constriction to be larger and make the resonance
frequencies lower. This change would make speakers’ initial
productions more /b/-like. Centroid values were therefore ex-
pected to be lower than normal until speakers learned to
compensate.

In addition to the computation of the central moment,
we also applied a technique first implemented by Evers,
Reetz, and Lahiri~1998! to distinguish the acoustics of an /s/

FIG. 2. Flow diagram depicting the order of conditions subjects encountered
in each of the two sessions in the experiment.
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from /b/. Evers et al. ~1998! compared the distribution of
intensity over frequency of the spectra for /s/ and /b/ in dif-
ferent languages. They noted that based on the slope of the
spectral envelope below 2.5 kHz, and the slope between 2.5
and 8 kHz, one could visually distinguish between the two
fricatives. The authors developed a reliable metric they
called the ‘‘steepness difference’’ in which intensity values
were regressed onto corresponding frequency values in these
two frequency regions and subtracted. That is, the difference
between the slope of a linear regression line~slope a! be-
tween 0 and 2.5 kHz and the slope of a linear regression line
~slope b! between 2.5 and 8 kHz was used to reliably sepa-
rate /s/ and /b/. Figure 3 shows the power spectrum and the
two regression lines for an /s/ produced by one of the speak-
ers in this study. Everset al. ~1998! found that the spectral
slope for frequencies up to 2.5 kHz quickly rises then above
this frequency, abruptly levels off or declines for /b/’s. For
/s/’s, the slope is initially near zero or negative and then there
is a slow rise through to the 8-kHz range. This distinction is
reflected in a smaller difference in the rate of increase be-
tween the lower and higher frequencies for /s/ as compared
to an /b/.

Since the prosthesis speakers encountered created a
slightly larger cavity within which the fricative noise would
resonate, initial productions were expected to have more
power in lower frequencies than productions without the
prosthesis. Thus, the steepness difference may reflect
changes in production as well or better than the centroid of
the frequency distribution. We calculated the index in the
same way as Everset al. ~1998! with two exceptions. First,
Evers and his colleagues computed their slopes based on a
40-ms window placed in the middle of the fricative. We
chose to calculate the power spectrum over the entire /s/
produced using Welch’s method~Welch, 1967!. In addition,
our linear regression lines were calculated over the 0.5 to
2.5-kHz ~slope a! and 2.5 to 8-kHz~slope b! frequency
ranges. We expected the steepness difference to be initially
larger for productions made with the prosthesis in the mouth.
After a period of learning, this value was expected to de-
crease towards previously observed unperturbed values.

Apart from our spectral parametrizations, we were also
interested in the relative intensity of the utterances. The pres-

ence of noise in a speaker’s environment often causes them
to produce utterances with higher amplitudes than environ-
ments without noise~Lane and Tranel, 1971!. Amplitude
does not affect the classification of sibilants~Behrens and
Blumstein, 1988!. However, to avoid any complication, we
provided our speakers with a visual aid to help them make
each production with the same amplitude. Nevertheless, the
noise that was intended to mask the fricative sounds did not
entirely mask the voiced portions of their utterances. There-
fore, it is possible that speakers may have used the vowel
portions to maintain their speaking level while fricative
sounds remained affected by the masking noise. In order to
test this notion we calculated the root mean squared~rms! for
each /s/ production and evaluated the relative sound
levels.

B. Results and discussion

The analysis of the relative intensity of the utterances
showed that speakers’ productions had a higher amplitude
when the masking noise was present~61 dB! in comparison
to when it was not~55.6 dB! @F(1,5)5124.4, p,0.05].
However, this difference was stable across the blocks
@F(1,5)51.16, p.0.05] and across the two sessions
@F(1,5)52.35,p.0.05], so any patterns observed across the
sessions can be attributed to increased experience with the
prosthesis and not the presence of the masking noise.

The centroid analysis showed that the presence of the
tooth prosthesis affected the center of gravity of the distribu-
tion of energy over the spectrum of each subject’s initial /s/
productions. The average centroid frequency values changed
markedly after the prosthesis was inserted@F(1,5)556.71,
p,0.01]. The mean centroid frequency before the prosthesis
was inserted into the subjects’ mouths was 6171.8 Hz. After
the prosthesis was inserted the mean centroid frequency
dropped to 4482.0 Hz.

Apart from this initial difference, no other significant
difference was observed in the centroid values between the
auditory and masked conditions or across the sessions. There
are at least two possible reasons for the null effects in the
acoustic analyses. The most obvious explanation is that
speakers were unable to learn to compensate for the dental
prosthesis. Perhaps if speakers were given more extensive
training, improvements in their productions might have been
detectable with these statistical analyses. Notwithstanding
the null finding in the acoustic analyses, the experimenters’
subjective experience while listening to each subject was that
the speakers’ productions changed, if not improved, over the
two experimental sessions. Thus, a second, alternative expla-
nation for the null results is that the centroid was not an
adequate measure for the evaluation of changes in the quality
of the fricative in this particular context. It is clear from the
literature that finding robust summary statistics that ad-
equately characterize and distinguish between fricatives has
been a difficult endeavor. Indeed, the reliability of such sta-
tistical measures seems to be dependent on the corpus used
in a study ~Evers et al., 1998; Jesus and Shadle, 2002!.
Small, nonsignificant changes in the spectral distribution
may be associated with significant changes in the perception
of the /s/.

FIG. 3. The power spectrum of an unperturbed /s/ produced by a speaker in
experiment 1. The linear regression lines between 0.5 and 2.5 kHz and 2.5
and 8 kHz are present for slope a and b, respectively.
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Figure 4 shows the values for the steepness difference,
the difference between slope a and b, over the course of the
15 blocks in each of the two sessions. A clear pattern is
observable in that the values for the second session are closer
to values measured before exposure to the prosthesis. The
steepness difference values not only reflect a clear improve-
ment between the two sessions, but also a linear trend toward
normal values over the course of training in session 1. Both
the difference between sessions 1 and 2@F(1,5)511.25,p
,0.05] and the interaction between session and block
@F(1,5)53.5,p,0.05] are statistically significant. However,
there was no statistically verifiable difference between the
auditory and masked conditions.

In addition to our interest in the learning across blocks
and sessions, we were also interested in differences in the
learning within a block. Figure 5 shows the steepness differ-
ence for the first and last production within each of the 15
blocks across session 1@see Fig. 5~a!# and session 2@see Fig.
5~b!#. Even within these selected trials a significant improve-
ment across the two sessions@F(1,5)58.23, p,0.05] and
across the blocks@F(1,5)52.88, p,0.05] was observed.
Again, no significant difference existed between the auditory
and masked feedback conditions. Moreover, despite the pat-
tern visible in the data from session 1@Fig. 5~a!# there were
no significant differences observed between the first and last
trials within a block.

To summarize, the presence of the prosthesis caused
centroid values to drop significantly. However, evidence that
speakers were improving their productions over the experi-
mental sessions was only observed in the spectral slope mea-
sure. Although normal production was never completely re-
stored, the steepness difference values approached normal
values gradually over blocks in session 1. This learning ap-
pears to have leveled off so that the improvement observed
in session 1 is maintained during session 2.

III. EXPERIMENT 2

The acoustic analyses of speaker productions indicated
that speakers were altering the acoustics of their productions

as a function of experience wearing the prosthesis. However,
there were no statistically verifiable differences between pro-
ductions produced at the beginning as opposed to the end of
a particular block. Neither was a difference between the two
auditory conditions observed. As previously mentioned,
steepness difference has been shown valuable for separating
/b/ from /s/ sounds~Everset al., 1998!. However, the index is
a simple and relatively crude representation of the power
spectrum of a fricative. Listeners, and therefore speakers, are
likely sensitive to smaller changes in the shape of the power
spectrum. We therefore obtained listener judgments to see if
the results we found in the acoustic analysis were compa-
rable to the perceived quality of the /s/ productions.

As a result of the experimental design, a large quantity
of data was collected. For the perceptual experiment, we
therefore focused on a subset of these data. Only productions
from the first and last trials of key blocks were presented to
listeners. Specifically, listeners heard the first and last trials
of blocks 3 and 4 which were the first masked and auditory
feedback blocks after the prosthesis was inserted into the
subjects’ mouth~see Fig. 2!. We presented the first and last
trials of blocks 12 and 13, the last masked and auditory feed-

FIG. 4. The mean steepness difference~slope a2slope b! for the 15 blocks
in sessions 1 and 2. Block numbers that are underlined indicate that the
prosthesis was in the speakers’ mouth during these blocks. The gray shading
indicates that auditory feedback was masked during these blocks. The un-
derlining of the block numbers between the two black vertical lines indicates
that speakers had the prosthesis in their mouth for these productions.

FIG. 5. The mean steepness difference~slope a2slope b! for the first and
last utterances produced in the 15 blocks in sessions 1~panel a! and 2~panel
b!. Block numbers that are underlined indicate that the prosthesis was in the
speakers’ mouth during these blocks. The gray shading indicates that audi-
tory feedback was masked during these blocks. The underlining of the block
numbers between the two black vertical lines indicates that speakers had the
prosthesis in their mouth for these productions.
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back blocks prior to the removal of the prosthesis. Finally,
the subjects rated the first and last trials of blocks 14 and 15,
which were the masked and auditory feedback blocks imme-
diately after the prosthesis was removed from the subjects’
mouth. The /s/ productions from both sessions for the blocks
and trials above were rated by listeners.

A. Method

1. Subjects

Sixteen listeners~13 women and 3 men! between 20 and
25 years of age~mean age 21.4 years! made judgments re-
garding a subset of the /s/ productions made by the speakers.
The listeners were native speakers of Canadian English and
reported having no history of hearing, speech, or language
difficulties or disorders.

2. Stimuli

The stimuli consisted of the subset of the segmented /s/
productions analyzed using the acoustical analyses described
in experiment 1. The fifth utterance produced during the
baseline blocks 1 and 2~without the prosthesis present, with
or without noise! of the first session were selected as com-
parison exemplars of each speaker’s normal /s/ production.
The fifth or middle production of these blocks was chosen
because subjects were most likely to be acclimated to the
speaking condition by this trial. Productions made with and
without the presence of the masking noise were chosen to
control for any differences that may have been solely caused
by the presence of the masker.

The test utterances were the first and last utterances pro-
duced during blocks 3, 4, 12, and 13. Blocks 3 and 4 were
the first masked and auditory conditions during which speak-
ers wore the prosthesis; blocks 12 and 13 were the last au-
ditory and masked conditions during which speakers wore
the prosthesis. Each comparison exemplar was paired with
all the test conditions. This design meant that exemplars that
were produced during the masking condition and exemplars
produced during the feedback condition were both paired
with test stimuli that were produced with and without feed-
back. This procedure allowed us to test for any differences
that could be attributed to the presence of noise, and not
merely the result of the presence or absence of feedback.
Only the first and last productions from these blocks were
presented in order to reduce the number of trials listeners had
to judge. Testing these trials also allowed us to track the
effects of learning within the blocks.

The exemplars were also paired with the first and last
productions of blocks 14 and 15 in each session. These
blocks occurred after the removal of the prosthesis and, re-
spectively, with and without the presence of the masking
noise. Asking listeners to judge utterances from these blocks
allowed us to evaluate the effects noise had on normal pro-
duction. In all, each listener made 192 judgments.

3. Procedure

Perceptual judgment sessions took place in the sound-
proof booth previously used to record the speakers. The digi-
tized auditory stimuli were equally amplified relative to the

original, recorded level~NAD Electronics, model 3020I! and
presented over headphones~Sennheiser, HD 265 Linear!.
Each speaker’s tokens were presented within a single block
with the order of the six different speakers randomized
across listeners. The presentation of the tokens within each
of the six-speaker blocks was also randomized. On each trial,
subjects first heard an exemplar~a baseline /s/ from blocks 1
and 2 that was produced with or without the presence of
noise! and then an /s/ production that had been produced in
the presence or absence of masking noise while the speaker
wore the dental prosthesis.1 Subjects were asked to consider
the first stimulus to be a normal /s/ production for that
speaker. They then rated the quality of the second /s/ produc-
tion on a scale of 1 through 5, with 5 representing a perfect
/s/ production and 1 representing a very poor quality produc-
tion. Subjects made responses by pressing appropriately la-
beled keys on a keyboard.

B. Results

The results of our perceptual study showed that utter-
ances produced while speakers could hear their own feed-
back were rated by listeners to be higher quality /s/’s than the
productions that occurred while speakers’ feedback was
masked by noise. The study also showed that speakers’ ut-
terances improved with increased practice. In addition to
evaluating the perceptions of listeners, we also wished to
acoustically quantify the differences between the utterances
produced during the two auditory conditions across the two
sessions.

Figure 6 shows the mean and standard errors of listen-
ers’ perceptual ratings of the auditory stimuli speakers pro-
duced during the four blocks from the first and second ses-
sions. A 5-way ANOVA @session3position in session
~beginning versus end of each of the two sessions!3auditory
feedback~feedback versus masked!3exemplar~tokens pro-
duced in the presences of feedback versus those in masking
noise!3trial ~first versus last trial within a block!# was used
to analyze the subjects’ responses. The ANOVA revealed an
overall main effect for session@F(1,15)524.98, p,0.01].
As can be seen in Fig. 6, productions made during the second

FIG. 6. The mean and standard errors of listeners’ ratings of the quality of
/s/ productions during the auditory and masked feedback conditions at the
beginning and end of session 1 and 2.
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session were judged to be better /s/’s than those produced
during the first session. In addition, there was no interaction
between session and auditory condition. Thus, speakers
learned to produce better /s/’s in both the auditory feedback
and masked conditions.

A similar main effect of practice was observed within
each session. Utterances produced at the beginning of each
session were rated poorer in quality than those produced at
the end of each session across both the auditory feedback and
masked conditions@F(1,15)549.5, p,0.01]. As can be
seen in Fig. 6, the amount of improvement observed in the
ratings from the beginning of a session to the end was great-
est in the first session for both the auditory feedback and
masked conditions. This difference in improvement gener-
ated a significant interaction between session and the order
of conditions@F(1,15)539.72,p,0.01].

The availability of auditory feedback during production
had a significant effect on the listener’s ratings of the speak-
ers’ utterances. When auditory feedback was available during
productions, utterances were judged to be of significantly
higher quality than those produced in the presence of the
masking noise@F(1,15)513.93,p,0.01]. The difference in
ratings between the auditory conditions was greatest during
the second session, but the interaction effect did not quite
reach statistical significance@F(1,15)52.39, p.0.05] ~see
Fig. 6!.

In addition to the main effect for auditory condition,
there was also a significant interaction between auditory con-
dition and trial @F(1,15)525.4, p,0.01]. Figure 7 shows
the mean ratings for the first and last of the ten utterances
produced in the auditory feedback and masked conditions
averaged across the first and second session. In only this
comparison were the results complicated by the use of ex-
emplars from different auditory feedback conditions. When
test stimuli produced in the presence of auditory feedback
were paired with exemplars produced in either feedback con-
dition, last utterances were rated more ‘‘/s/-like’’ than first
utterances @exemplar produced with feedback;F(1,15)
58.92, p,0.01; exemplar produced in noise,F(1,15)
511.31,p,0.01]. However, the opposite pattern of results
was observed when test stimuli produced in noise were
paired with exemplars that were also produced in noise; the

first utterances were rated more /s/-like than the last utter-
ances. On the other hand, the first and final utterances of test
stimuli produced in noise received equivalent ratings when
paired with exemplars that speakers produced in the presence
of auditory feedback@F(1,15)50.13, p.0.05]. In either
case, however, there was no improvement in /s/ quality over
each block of ten trials when there was no auditory feedback.

Finally, we examined the ratings assigned to blocks 14
and 15 of each session. These blocks occurred immediately
after the dental prosthesis had been removed from the sub-
jects’ mouths. A separate ANOVA did not reveal a significant
difference between utterances produced in the presence or
absence of noise during these blocks@F(1,15)50.84, p
.0.05]. However, there was a significant difference between
these trials and the training trials at the end of the two ses-
sions@Tukey honest significance test,p,0.01; mean rating
for the final two blocks of unperturbed trials was 3.6; mean
rating for the final two blocks of training trials was 2.7#.

In summary, the results of the perceptual study confirm
and extend the acoustic analyses of the speakers’ /s/ produc-
tions. Listeners judged productions made at the end of the
first session to be better than those produced at the begin-
ning. This improvement was maintained throughout the sec-
ond session. Listeners also rated productions made while au-
ditory feedback was available to be of higher quality than
those produced while the feedback was masked with noise.
In addition to the learning that occurred with increased ex-
perience across the blocks of session 1, utterances produced
at the end of individual blocks were more highly rated than
those produced first in a block. However, this pattern was
only observed for utterances produced in the auditory feed-
back condition.

IV. GENERAL DISCUSSION

Subjects were asked to learn to say the word /tAs/ wear-
ing a prosthesis that elongated their maxillary incisor teeth
while receiving intermittent auditory feedback. When speak-
ers produce the word in the auditory feedback condition, a
naive group of listeners judged their final utterance to be of
higher quality than their initial utterances in the condition.
The opposite trend was observed when speakers’ feedback
was masked; their initial utterances were judged to be higher
in quality than their final utterances. This difference suggests
that speakers were able to use auditory information to adjust
their articulations and compensate online and the lack of
auditory feedback led to degraded performance over trials.

In addition to the immediate effects caused by the pres-
ence of auditory feedback, speakers also gradually improved
their productions with increased exposure to the novel vocal-
tract configuration. The learning curve resembled patterns
from other skill acquisitions studies~e.g., Rosenbaum, Carl-
son, and Gilmore, 2001!. Large gains are made initially and
performance slowly asymptotes, producing an exponential
learning curve~Heathcote, Brown, and Mewhort, 2000!.
Within and across each session, productions were judged to
be higher in quality with increasing amounts of practice. This
effect was also observed for tokens produced in the presence
of the masking noise. These observations suggest that the

FIG. 7. The mean and standard error of listener ratings for the first and last
utterances produced in the auditory feedback and masked conditions aver-
aged across the first and second session.
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learning that occurred while feedback was available to the
speakers transferred to utterances produced in the absence of
feedback.

The multidimensional nature of speech perception
means that identifying acoustic correlates is often difficult.
The learning effects we observed were partially supported by
acoustical analysis of the data. The size of the steepness
difference moved toward unperturbed values as speakers
gained more experience during the first session. This im-
provement plateaued but was maintained through session 2.
However, in contrast to listener judgments, no statistically
significant difference was found between the auditory and
masked conditions. Additionally, no differences were ob-
served between the first and the last trials within a block. We
believe that the null effects in the acoustic analysis reflect a
lack of sensitivity rather than the absence of effects. The
steepness difference reflected the larger differences that oc-
curred over the course of the experiment, but we must rely
on listener perceptions for evaluation of smaller changes in
the spectra of the speakers’ productions.

Speakers were asked to make productions of similar am-
plitude. Nevertheless, an analysis of the intensity of the ut-
terances showed that productions made in the masked feed-
back condition were higher in amplitude than those made
when feedback was available. Although undesirable, the dif-
ference in intensity between the feedback conditions does
not complicate interpretation of the learning effects we ob-
served because this difference was constant within and
across the sessions. The effect of the masking noise was
equivalent across the entire experiment and not confounded
with learning. In any case, the amplitude of fricative produc-
tion does not affect classification~Behrens and Blumstein,
1988!.

Our finding that the overall quality of the speech sound
improved with increased practice with our novel vocal-tract
arrangement is not surprising and replicates the observations
of a number of other researchers. For example, Baum and
McFarland~1997! found comparable results when they asked
subjects to speak with an artificial palate in their mouth.
Subjects read /s/-laden passages in order to promote adapta-
tion. Every 15 min over the course of an hour, subjects pro-
duced the consonant–vowel /sa/ a number of times. The re-
sults showed that subjects gradually improved their /s/
productions with increased exposure to the altered vocal
tract. Thus, even short periods of exposure can lead to sig-
nificant improvements in speech.

However, others have found that it can take speakers
from several hours to weeks of practice with an artificial
palate before a speaker regains the high quality of their origi-
nal speech categories~Hamlet and Stone, 1976; Hamlet
et al., 1978!. Although our speakers improved over the
course of the experimental session, they did not fully com-
pensate for their artificially elongated teeth. Listeners on av-
erage judged the speakers’ productions at the end of the ses-
sion to be much lower in quality than utterances produced
after the prosthesis was removed.

Even within this short experiment there is evidence that
longer-term learning took place. Subjects’ performance in the
second session of training showed benefits from experience

in the previous session. Similar benefits have been reported
in other speech and motor learning studies. In one study,
subjects quickly readapted to the presence of an artificial
palate even though the original training with the palate had
occurred months earlier~Hamlet et al., 1978!. This facility
for rapid adaptation during subsequent exposure to an artifi-
cial palate suggests that new speech motor programs can be
learned and then later recalled for the appropriate context
~McFarlandet al., 1996!. These findings are strikingly simi-
lar to observations that subjects reaching for visual targets
adapt to visual perturbations~e.g., McGonigle and Flook,
1978! and dynamic perturbations~Brashers-Krug, Shadmehr,
and Bizzi, 1996! faster if they have previously experienced
the unusual sensorimotor conditions.

The improvements that we observed resulted from the
opportunity for speakers to practice in the presence of audi-
tory feedback. This finding that auditory feedback provides
information used to compensate for altered vocal tracts is
contrary to prior observations in adults~Garberet al., 1980b;
Honda and Kaburagi, 2000! and even young children~Gar-
ber, Speidel, and Siegel, 1980a!. The null effects observed in
these other studies, however, could be related to measure-
ment sensitivity or the task that subjects were asked to per-
form. For example, Honda and Kaburagi~2000! tracked
compensations made to dynamical structural perturbations of
the palate shape while we imposed a static perturbation. Re-
covery from other static perturbations such as the restriction
of articulator movement with a bite block is enhanced by the
presence of auditory feedback~e.g., Hoole, 1987; Flege
et al., 1988; McFarland and Baum, 1995; Baum, McFarland,
and Diab, 1996; McFarlandet al., 1996!.

Even in the absence of vocal-tract modifications, audi-
tory feedback has been shown to increase the precision with
which speech categories are produced. For instance, studies
of cochlear implant patients for whom feedback can be di-
rectly manipulated by turning the implanted device on and
off have shown rapid modifications in speaking level,F0 ,
and vowel formants~Svirsky and Tobey, 1991!. Small differ-
ences have also been observed in fricatives~Perkell et al.,
2000b!.

Furthermore, larger effects tend to occur when the im-
plant is turned on compared to when it is suddenly turned off
~Perkell et al., 2000a!. That is, the improvements observed
when deaf speakers receive auditory feedback after a period
of time without it are larger than the degradations that appear
immediately after feedback is removed. These observations
indicate that the speakers maintained the parameters neces-
sary for normal speech production for a period of time after
the feedback was removed. This result parallels our own ob-
servations that utterances produced while speakers’ auditory
feedback was masked, improved as a function of their previ-
ous practice while feedback was available. In essence, we
‘‘turned off’’ the feedback received by subjects and found
that the new articulations they learned while feedback was
present persisted to some extent when feedback was re-
moved. Thus, the improvements we observed were not
strictly due to feedback control but were also a function of
learning: The auditory feedback was used by the speech mo-
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tor control system to modify an underlying representation
mapping vocal gestures to their acoustic consequences.

Although the quality of /s/ productions improved during
the masked condition, the new articulatory movements that
were learned during the auditory feedback conditions did not
completely transfer to production in the absence of feedback.
Utterances produced in the presence of feedback consistently
received higher quality ratings from listeners. There are a
number of possible reasons for this effect. First, it is possible
that auditory feedback provides information that the speech
motor system can use to adjust ongoing articulation, and
over time, these compensatory modifications are learned so
that the new speech gestures can be reproduced in the ab-
sence of feedback. There is evidence that auditory feedback
is used for both online compensation and long-term adapta-
tion. For instance, Houde~1997! asked speakers to whisper
one-syllable words while hearing altered auditory feedback.
His speakers heard the formants of their vowel productions
gradually shifted enough over successive utterances to even-
tually change the vowels’ phonetic identity. Speakers spon-
taneously compensated for the formant transformations.
Houde intermittently tested the speakers’ productions in
noise and found that speakers slowly adjusted their speech in
the same direction as their compensation, suggesting that a
modification of the mapping between their vocal-tract pro-
ductions and their acoustic feedback occurred.

A second possibility is that somatosensory feedback was
solely responsible for the improvements in production ob-
served with practice during the masked conditions. There is a
large amount of information available to the speech motor
control system from proprioceptive and cutaneous receptors
in the vocal tract~Gracco, 1995; Kent, Martin, and Sufit,
1990!. Vocal-tract manipulations such as the insertion of ar-
tificial palates reduce tactile cues regarding, for example,
tongue contact against the palate. However, in our study, the
prosthesis that extended the subjects’ teeth did not reduce
sensation in any way. Information regarding tongue–palate
contact and cues indicating airflow were unaffected. One
might therefore assume that the improvement we observed in
the masking condition was due to the fact that the motor
system used somatosensory feedback to modify productions
in the noise conditions, and not evidence that learning was
dependent on auditory information acquired during the feed-
back conditions. However, our observation that final utter-
ances were judged to be lower in quality than initial produc-
tions does not support this conclusion. Nevertheless, the
superior quality of production observed when auditory feed-
back was available to speakers could have been the result of
the use of tactile and auditory feedback in combination. Only
careful manipulation of both the presence and the absence of
auditory feedback in conjunction with manipulations of tac-
tile feedback can satisfactorily resolve the particular contri-
butions of the two modalities~see Hoole, 1987; Gammon
et al., 1971; Ringel and Steer, 1963; Scott and Ringel, 1971!.

Finally, it should be noted that our data represent the
average across speakers. Individual differences in the mag-
nitude of the perturbation and subsequent learning were ob-
served; these differences can have a number of origins. For
example, people differ in their response or strategy to vocal-

tract perturbations. In addition, although the lengthening of
the teeth was relatively equivalent~6 mm!, the effective per-
turbation differed depending on the shape of a speaker’s al-
veolar ridge, the position of their teeth, or how they normally
produce an /s/.

V. CONCLUSIONS

The nature of the learning that takes place when adults
encounter modified vocal tracts is still a matter of debate.
The merit of the unique vocal-tract modification is that all
normal tactile information remains intact, allowing a more
direct evaluation of the role feedback plays. The results of
our investigation show that the availability of auditory feed-
back can help speakers compensate for structural modifica-
tions of their vocal tract. Indeed, the learning we observed
only occurred when speakers could hear their speech. In ad-
dition, our data also suggest that auditory feedback provides
information necessary for long-term modification of a sub-
ject’s productions.
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Individual talker differences in voice-onset-timea)
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Individual talkers differ in the acoustic properties of their speech, and at least some of these
differences are in acoustic properties relevant for phonetic perception. Recent findings from studies
of speech perception have shown that listeners can exploit such differences to facilitate both the
recognition of talkers’ voices and the recognition of words spoken by familiar talkers. These
findings motivate the current study, whose aim is to examine individual talker variation in a
particular phonetically-relevant acoustic property, voice-onset-time~VOT!. VOT is a temporal
property that robustly specifies voicing in stop consonants. From the broad literature involving VOT,
it appears that individual talkers differ from one another in their VOT productions. The current study
confirmed this finding for eight talkers producing monosyllabic words beginning with voiceless stop
consonants. Moreover, when differences in VOT due to variability in speaking rate across the talkers
were factored out using hierarchical linear modeling, individual talkers still differed from one
another in VOT, though these differences were attenuated. These findings provide evidence that
VOT varies systematically from talker to talker and may therefore be one phonetically-relevant
acoustic property underlying listeners’ capacity to benefit from talker-specific experience. ©2003
Acoustical Society of America.@DOI: 10.1121/1.1528172#

PACS numbers: 43.70.Fq, 43.70.Gr, 43.71.Es@AL #

I. INTRODUCTION

It is well known that individual talkers differ in the
acoustic properties of their speech. These differences arise
from many factors, including dialect~Byrd, 1992!, idiosyn-
cratic articulatory habits~Klatt, 1986!, vocal tract size and
shape~Peterson and Barney, 1952!, and glottal characteris-
tics ~Klatt and Klatt, 1990!. Some of the resulting acoustic
differences are known to give rise to perceived differences in
vocal timbre or voice quality; these acoustic properties are
traditionally called indexical properties. Indexical properties,
it has generally been assumed, are distinct from the acoustic
properties involved in phonetic perception~Abercrombie,
1967!. However, talkers’ voices also differ in some
phonetically-relevant acoustic properties as well as in indexi-
cal properties. For example, the voices of individual talkers
of the same gender and dialect have been shown to differ in
formant frequencies specifying vowels~Peterson and Barney,
1952; see also Hillenbrandet al., 1995! and in frication cen-
troid frequencies and skewness specifying fricative conso-
nants~Newmanet al., 2001!. The present investigation fo-
cuses on another phonetically-relevant acoustic property,
important for the perception of voicing in stop consonants,
that of voice-onset-time~VOT!.

Individual talker differences in phonetically-relevant
acoustic properties like VOT are of theoretical interest be-
cause recent findings in speech perception have suggested
that listeners can exploit such differences to facilitate both
the recognition of talkers~e.g., Remezet al., 1997! and the
recognition of spoken words~e.g., Nygaardet al., 1994!. In
the domain of talker recognition, the results of Remezet al.

~1997; see also Felloweset al., 1997! have suggested that
individual talker differences in phonetically-relevant acoustic
properties are sufficient for listeners to recognize a talker’s
voice. Remezet al. created sinewave replicas of sentences
spoken by ten talkers. This method of speech synthesis yields
a drastically impoverished speech signal that eliminates
acoustic properties traditionally considered indexical proper-
ties while preserving many phonetically-relevant acoustic
properties ~Remez et al., 1981!. The result is highly
unnatural-sounding speech that is nonetheless intelligible for
most listeners. Surprisingly, even under such conditions, lis-
teners could successfully recognize most of the talkers by
matching the sinewave replicas to natural samples of the
talkers’ voices. Other listeners who were highly familiar with
the voices of the ten talkers from everyday interactions were
able to recognize most of the talkers even without reference
to a natural sample, that is, by relying solely on long-term
memory of talker-specific voice information. Because listen-
ers were able to recognize talkers in the absence of any
known indexical acoustic properties, Remezet al. ~1997; see
also Felloweset al., 1997! argue that listeners relied on
phonetically-relevant acoustic properties to recognize the
talkers. This represents a considerable departure from tradi-
tional accounts, in which talker recognition is thought to be
mediated by indexical properties~Bricker and Pruzansky,
1976!.

In the domain of spoken word recognition, recent studies
have indicated that listeners are sensitive to individual talker
differences in phonetically-relevant acoustic properties dur-
ing processing. The main finding from these studies is that
previous experience with a particular talker’s voice allows
listeners to better recognize words spoken by that talker
~Bradlow and Pisoni, 1999; Goldinger, 1996; Nygaardet al.,
1994; Nygaard and Pisoni, 1998!. For example, Nygaard
et al. ~1994! trained listeners over a period of nine days to

a!Portions of this work were presented at the 140th meeting of the Acoustical
Society of America, Newport Beach, CA, December 2000.

b!Author to whom correspondence should be addressed. Electronic mail:
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recognize the voices of ten different talkers. During the tenth
day listeners were administered a word recognition task, in
which they were asked to identify new words in noise. Half
of the listeners heard words spoken by the ten talkers with
whom they had been familiarized; the other half heard words
spoken by ten different talkers. The listeners who heard the
familiar talkers were more accurate at identifying the words
in noise than were those who heard unfamiliar talkers. This
finding suggests that listeners can learn a given talker’s char-
acteristic implementation of phonetically-relevant acoustic
properties and can later use that information to facilitate pro-
cessing of the talker’s speech. These results challenge the
traditional view that any talker differences in phonetically-
relevant acoustic properties are neutralized during the course
of phonetic processing, and suggest instead that
phonetically-relevant details are retained in a talker-specific
manner~and see Palmeriet al., 1993!.

It appears then that individual talker differences in
phonetically-relevant acoustic properties are perceptually
significant, both for the recognition of talkers and for the
recognition of spoken words. Although relatively little work
has focused on documenting the existence or nature of indi-
vidual talker variability in phonetically-relevant acoustic
properties, there are studies, as mentioned above, that have
shown that talkers differ from one another in spectral prop-
erties used to specify particular vowels and consonants. For
example, in a classic study Peterson and Barney~1952; see
also Hillenbrandet al., 1995! measured vowel formant fre-
quencies of many different vowels produced by many differ-
ent talkers, and found substantial individual differences in
formant frequencies. And more recently, Newmanet al.
~2001! measured centroid frequencies and skewness of /s/
and /b/ produced by many different talkers, and found sub-
stantial individual talker differences in these properties.

The goal of the current work is to examine talker vari-
ability in another kind of phonetically-relevant acoustic
property, one that is manifested not in the spectral domain
but in the temporal domain. Specifically, we focus on VOT, a
temporal acoustic property that specifies voicing in stop con-
sonants. VOT is defined as the time from the initial release
burst of a stop consonant to the onset of high-amplitude pe-
riodic energy. Voiced stop consonants~/b d g/! are associated
with relatively short VOT values whereas voiceless stop con-
sonants~/p t k/! are associated with relatively long VOT
values~Lisker and Abramson, 1964!. Following the previous
studies showing talker variability described above~Hillen-
brandet al., 1995; Newmanet al., 2001; Peterson and Bar-
ney, 1952!, this property was measured in isolated monosyl-
labic words produced by multiple talkers. The question of
interest was whether systematic differences among the talk-
ers in VOT would emerge.

A complicating factor in the case of VOT is that VOT
varies strongly as a function of speaking rate. As a talker
speaks more slowly and produces words that are longer in
duration, he or she produces longer VOT values as well,
especially for voiceless stop consonants~Kessinger and
Blumstein, 1998; Milleret al., 1986; Volaitis and Miller,
1992!. Moreover, individual talkers can differ from one an-
other in their speaking rates~Miller et al., 1984!. Given this,

an observed difference between two talkers in absolute VOT
may be due solely to a difference in speaking rate; if the
same two talkers were to adjust their speaking rates such that
they spoke at comparable rates, they might then produce
nondiffering VOT values. As a result, the question of
whether individual talkers’ voices differ in VOT cannot be
adequately addressed without consideration of the factor of
speaking rate.

In addition, the factor of speaking rate is especially rel-
evant because evidence from experiments in phonetic per-
ception has shown that VOT is processed by listeners in a
rate-dependent manner. That is, the mapping of VOT onto
perceptual phonetic categories varies as a function of speak-
ing rate. For example, the perceived boundary between a
voiced and a voiceless stop consonant shifts toward longer
VOT values as speaking rate slows down~Summerfield,
1981!. Moreover, studies examining the internal structure of
perceptual phonetic categories have shown that not only does
the boundary between voicing categories vary as a function
of a speaking rate, but also that the entire structure of the
category itself shifts as a function of a speaking rate. In
particular, the best-rated, or most prototypical, exemplars of
a voiceless stop consonant have longer VOT values as speak-
ing rate slows down~e.g., Miller and Volaitis, 1989!. This
suggests that a change in speaking rate has the effect of
fundamentally altering the perceptual mapping from VOT
value to phonetic category. Further, this rate-dependent pro-
cessing appears to be the result of an obligatory mechanism
of the phonetic processing system, such that information
about speaking rate cannot be ignored during phonetic pro-
cessing~Miller, 1987!. We take these findings to indicate that
the phonetic processing system does not operate on absolute
VOT values but rather on VOT relative to the speaking rate.

For these reasons, the present research asks not only
whether individual talkers’ voices differ in absolute VOT
values, but also whether they differ in VOTafter controlling
for differences among the talkers in speaking rate. In the
broad literature involving analyses of VOT in normal adult
speakers of English, individual talker data are sometimes re-
ported and substantial differences in absolute VOT across
talkers are apparent in those data~e.g., Bailey and Haggard,
1973; Koenig, 2000; Newman, 1997! and, further, there is
some evidence that a given talker’s VOT productions are
consistent over time~e.g., Itohet al., 1982; Schiavettiet al.,
1999!. However, it remains unclear whether individual talk-
ers’ voices differ in VOT when differences in speaking rate
are controlled. Suggestive evidence can be found in studies
reporting individual talker data on both VOT and speaking
rate~e.g., Koenig, 2000! as well as in our own recent speech
production studies that have measured VOT and speaking
rate ~e.g., Allen and Miller, 1999, 2001!. In these data one
can find cases in which talkers appear to be well-matched on
some measure of speaking rate but differ in VOT. The
present study sought to expand on these previous data in the
context of an experiment specifically designed for the pur-
pose of assessing individual talker differences in VOT. Our
approach was to attempt to minimize differences among talk-
ers in speaking rate by requiring them to produce words in
isolation prompted at regular intervals by computer presen-
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tation of visual word tokens. It was expected that talkers
would nonetheless differ to some extent in speaking rate. The
effect of these differences among talkers in speaking rate was
factored out using statistical methods, as described below,
permitting us to effectively control for differences in speak-
ing rate. The main question was whether talkers differed in
VOT after correcting for these differences.

II. METHOD

A. Talkers

Eight talkers participated in the experiment. Four of the
talkers were female, designated as talkers F1 through F4, and
four of the talkers were male, designated as talkers M1
through M4. All were native speakers of English with gen-
eral American accents, between 18 and 45 years of age, with
no reported speech or hearing disorders. Talkers were paid
for their participation.

B. Materials

Eighteen highly familiar, monosyllabic consonant-
vowel-consonant~CVC! words were selected, each of which
began with a voiceless stop consonant. Six of the eighteen
words began with /p/, six began with /t/, and six began with
/k/. Words beginning with voiced stop consonants~/b/, /d/,
/g/! were not used, because previous work has indicated that
VOT values associated with voiced stops are subject to less
variability than are VOT values associated with voiceless
stops ~e.g., Kessinger and Blumstein, 1997; Milleret al.,
1986!; we therefore chose to concentrate on voiceless stop
consonants, where we expected that any individual differ-
ences in VOT would appear more clearly. Words were se-
lected so that a variety of different vowels were represented,
and the final consonants consisted of a nasal, fricative, or
liquid consonant~final stop consonants were not used to
avoid variability associated with some talkers’ tendency to
not release final stops!. The 18 words selected for use in this
study are shown in Table I.

The 18 words were pooled into a single stimulus block,
which was repeated 30 times with a different within-block
randomization each time. This yielded a list of 540 items that
was presented to talkers.

C. Procedure

Each talker was recorded individually in a sound-treated
booth. The words to be produced were presented to the talker

visually on a computer screen, one at a time. Each visual
stimulus was displayed for 1500 ms, followed by a pause of
2500 ms before the next word was displayed. Talkers were
instructed to say each word as it appeared on the screen, in a
clear but natural manner. Their speech was recorded via a
microphone ~AKG C460B! onto digital audiotape~Aiwa
HHB 1 PRO DAT recorder!. Talkers were given a short
break midway through the session.

D. Acoustic analysis

The recording of each word was transferred to a Pentium
PC at a sampling rate of 20 kHz using the CSL system~Kay
Elemetrics Corp.!. For each word token, two measurements
were determined using the CSL waveform and spectrogram
displays, VOT and word duration. VOT was measured as the
interval from the onset of the initial release burst to the onset
of periodicity. Word duration was measured as the interval
from the onset of the initial release burst to the offset of
energy associated with the final consonant. For final nasal
and liquid consonants, consonant offset was defined as the
offset of periodicity. For final fricative consonants, conso-
nant offset was defined as the offset of frication. For two of
the talkers~talkers M2 and M4!, the offset of the final /v/ in
the word cave was too low in amplitude to be measured
reliably. Consequently, we discarded the data from the word
cavefrom all analyses. Thus, all reported analyses are based
on data from 17 of the 18 words listed in Table I. We also
discarded data from items incorrectly produced~e.g., disflu-
encies or substituted phonemes!; these items accounted for
less than 1% of the data.

Word duration served as the primary measure of the
speaking rate at which the word was produced. This opera-
tionalized definition of speaking rate, following that used in
previous studies~e.g., Milleret al., 1986; Volaitis and Miller,
1992!, corresponds to the classical definition of speaking rate
as the number of words~or syllables! uttered per unit time in
running speech, translated into the time per word~or syl-
lable! spoken in isolation. A secondary measure of speaking
rate was also employed in certain analyses reported below.
This was the duration of the vowel and final consonant~i.e.,
the VC portion of the word!, defined as word duration minus
VOT. This secondary measure was used to ensure that the
VOT measure and the measure of speaking rate were inde-
pendent of one another in these analyses; this issue is dis-
cussed in detail in Sec. III.

All acoustic measurements were carried out by a pool of
three trained experimenters including the first author. To as-
sess cross-experimenter reliability, a random subset of 10%
of the tokens of each word for each talker was selected to be
measured by all three experimenters. Across the eight talk-
ers, mean absolute differences among measurements from
any given pair of experimenters never exceeded 2 ms for
VOT or 11 ms for word duration. For each talker, correla-
tions ~Pearson’sr! between pairs of experimenters’ measure-
ments were always 0.96 or higher for both VOT and word
duration measurements, except for the word duration mea-
surements for talker M2, which were 0.85 or higher.

TABLE I. Words used in the experiment.

/p/-initial words /t/-initial words /k/-initial words

pace tale cash
pause tease cause
pen time cave
pill ton comb
pose tool come
push town kiss
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III. RESULTS AND DISCUSSION

For each of the 17 different words~after eliminating the
word cave; see Sec. II D! mean word duration and mean
VOT for each talker were calculated across the 30 tokens of
a given word, less discarded data due to errors in production.
The resulting values are provided in the Appendix. Table II
summarizes these data, showing overall means for word du-
ration and VOT for the eight talkers averaged across the 17
words.

Consider first the VOT data. Mean VOT varied substan-
tially across the talkers in this sample, ranging from 69 to
119 ms. These large individual talker differences in absolute
VOT values replicate previous reports~e.g., Bailey and Hag-
gard, 1973; Koenig, 2000; Newman, 1997!. Additional
analyses were conducted to further explore these individual
differences in VOT. As noted above, each of the talker means
was based on the VOTs of 17 words. An examination of each
talker’s VOT distribution for the 17 words showed that the
distributions were roughly the same shape across the talkers.
First, the standard deviations of the distributions were com-
parable~within a factor of 2 of one another, ranging from 6.2
to 11.4 ms across talkers! and, second, for none of the dis-
tributions was there significant skew~i.e., the skew estimate
for each talker’s distribution did not differ significantly from
0 based on evaluation of 95% confidence intervals surround-
ing each subject’s skew estimate!.

Moreover, the ordering of the 17 words within a given
talker’s VOT distribution was largely consistent across talk-
ers. This can be seen in Table III, which shows the rank order
for the 17 words spoken by each of the eight talkers. The
rank orders were obtained separately for each talker by or-
dering their 17 words from shortest to longest VOT and as-
signing them ranks with 1 corresponding to the shortest VOT
and 17 corresponding to the longest VOT. In the table, the
words are ordered from top to bottom by median VOT across
talkers. Examination of the table reveals that talkers were
relatively consistent with one another, so that ranks for a
given word tended to be similar across talkers, with the result
that words near the top of the table generally received low
ranks and words near the bottom of the table generally re-
ceived high ranks. Statistical analysis confirmed that the rank
orderings of the words were consistent across talkers (R
50.86, using the Spearman–Brown formula of internal con-
sistency!. Thus, the intratalker distributions of VOT were
stable across individuals. This indicates that the observed

mean VOT differences among talkers~seen in Table II! were
largely systematic across words, with VOT for any given
word shifting toward shorter or longer VOTs as a function of
the identity of the talker.

Next consider word duration, which provides a measure
of speaking rate. The observed mean differences in VOT
across talkers, described above, may be attributable at least
in part to differences among the talkers in speaking rate. As
can be seen in Table II, there is substantial individual varia-
tion in mean word duration in this sample, ranging from 374
to 668 ms across the eight talkers. Because VOT is highly
correlated with word duration~indeed,r 50.91 for the data
shown in Table II!, it is necessary to somehow control for
these differences in order to determine whether individual
talker differences in VOT exist when speaking rate is held
constant.

One analytic approach to address the question of
whether talkers differ in VOT at a particular speaking rate is
to compare VOT values among talkers only in cases in which
talkers do not differ from one another in mean word dura-
tion. More specifically, talkers can be matched based on their
distributions of word durations across the 30 tokens of a
particular word~e.g., pace!, and the distributions of VOT
values across the 30 tokens of that word can then be com-
pared for the talkers so matched. Applying that approach to
the present data set, one can find cases in which pairs of
talkers are matched in word duration for a particular word
but have significantly different distributions of VOT values
for that word. An example is provided in Fig. 1, which shows
a comparison of talkers F1 and F2 producing the wordpace.
The left side of the figure shows the distribution of word
durations across the 30 repetitions of the wordpacefor the
two talkers. The means of these two distributions do not
differ significantly from one another@ t(58)51.5; p.0.10].
The right side of the figure shows the distribution of VOT
values for the same talkers. Talker F2’s distribution of VOT
values is clearly displaced toward longer values relative to
that of talker F1, and the means of the distributions are sig-

TABLE II. Mean word duration and VOT, in milliseconds, for the eight
talkers, collapsed across words. Standard errors of the mean are shown in
parentheses.

Talker Word duration VOT

F1 523~22! 72 ~2.0!
F2 536~18! 96 ~2.8!
F3 668~25! 119~2.6!
F4 614~19! 105~2.7!
M1 614 ~17! 111~2.3!
M2 437 ~10! 69 ~1.5!
M3 374 ~20! 71 ~2.4!
M4 505 ~14! 86 ~2.2!

TABLE III. Rank ordering of words by mean VOT for each talker. Words
are ordered in the table by their median ranks across talkers.

Word

Talker

MedianF1 F2 F3 F4 M1 M2 M3 M4

pace 4.0 2.0 1.0 2.0 6.0 2.5 2.0 1.0 2.00
pose 2.5 5.5 2.0 4.0 2.0 2.5 4.0 2.0 2.50
push 1.0 1.0 8.0 3.0 10.0 5.5 1.0 6.5 4.25
pill 2.5 9.5 3.0 10.5 4.0 1.0 7.0 8.0 5.50
pen 5.0 14.0 6.5 1.0 9.0 8.0 4.0 5.0 5.75
pause 6.5 11.0 6.5 7.5 1.0 4.0 13.0 9.0 7.00
kiss 6.5 3.0 11.0 6.0 13.0 7.0 9.0 13.5 8.00
comb 12.0 7.0 4.5 7.5 5.0 10.0 14.0 13.5 8.75
come 10.0 8.0 9.5 5.0 11.5 5.5 11.0 13.5 9.75
tale 11.0 9.5 14.0 13.0 7.5 13.5 6.0 4.0 10.25
town 9.0 15.0 13.0 9.0 16.0 11.5 8.0 3.0 10.25
cash 14.5 12.5 9.5 13.0 15.0 9.0 12.0 6.5 12.25
ton 8.0 16.0 16.5 10.5 17.0 13.5 4.0 11.0 12.25
time 13.0 17.0 16.5 16.0 14.0 11.5 10.0 10.0 13.50
tease 14.5 4.0 12.0 13.0 7.5 17.0 16.0 16.0 13.75
cause 17.0 12.5 4.5 15.0 3.0 15.5 17.0 13.5 14.25
tool 16.0 5.5 15.0 17.0 11.5 15.5 15.0 17.0 15.25
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nificantly different @ t(58)53.6, p,0.001]. This pattern is
representative of the comparisons of other words spoken by
these two talkers; of the eight words for which these two
talkers did not differ significantly in word duration (p
.0.10 in each case!, all eight comparisons showed that
talker F2 produced significantly longer VOT values than
talker F1 (p,0.001 in each case!. Comparisons between
other pairs of talkers matched on word duration in some
cases revealed similar significant differences in VOT. Evi-
dence such as this can be taken to indicate that there are
cases in which talkers differ in VOT even when speaking
rate is held constant.

However, this analytic approach is limited because only
in a minority of cases did pairs of talkers match on word
duration for particular words; more typically, talkers dif-
fered. All together, of the possible 476 cases~28 possible
talker pairings3 17 different words!, only in 49 cases~or
10%! did talkers not differ significantly from one another in
word duration ~with a conservative criterion ofa50.10!.
Thus this approach did not consider 90% of the data, giving
rise to the concern that the selected portion of the data was
unrepresentative of the whole. A more sophisticated analysis
would involve controlling for differences in speaking rate
statistically through regression techniques rather than dis-
carding data when precise matches in speaking rate are not
found. To that end, a hierarchical linear modeling analysis
~HLM; see Bryk and Raudenbush, 1992! was applied to the
data. The HLM analysis makes fewer assumptions in com-
parison to ANOVA models and, critically, permits the sepa-
ration of variance associated with individual talker identity
from variance associated with other factors and from true
error variance.1 The specific goal of the HLM analysis was to
determine whether differences among talkers accounted for
any portion of the remaining variability in VOT after differ-
ences in speaking rate were factored out.

The structure of the HLM was as follows. Each of the 17
different words ~level 1! was nested hierarchically within
each of the eight talkers~level 2!. The VOT of a given word
~i! spoken by a particular talker~j! was defined as

Level 1 model:

VOTi j 5b0 j1b1 j ~ intrinsic word duration!1r i j

Thus, VOT for a particular word and talker was a linear
function specified by an intercept (b0 j ) for each talker, a
slope (b1 j ) for each talker representing the influence of in-
trinsic word duration, and an error term (r i j ) for each talker
and word. In this analysis, the intercept terms are defined as
the intercept at the grand mean word duration for each talker
rather than at 0. The intrinsic word duration factor was the
mean word duration of a given word spoken by a given
talker, averaged across the 30 tokens of the word~less dis-
carded data due to errors in production!; the outcome vari-
able of VOT was likewise averaged across word repetitions.2

At this level of the model~level 1, the word level!, the in-
trinsic word duration factor captured differences across the
17 different words in their intrinsic durations; each talker’s
coefficient represented the relation between these durations
and his or her respective VOT values. This factor was in-
cluded in the HLM for completeness, but did not directly
bear on the main question concerning differences across talk-
ers. For that, it is necessary to examine the second level of
the model~level 2, the talker level!, which entered the above
equation via the slope and intercept terms specific to each
talker (b0 j andb1 j , respectively!:

Level 2 model: b0 j5g001g01 ~overall rate!1u0 j

b1 j5g101g11 ~overall rate!1u1 j

Thus, these terms were themselves linear functions specified
by an intercept, a slope, and an error term. The intercept
terms represent the mean VOT (g00) and effect of intrinsic
word duration (g10) across talkers; these are then adjusted
for each talker by the overall rate factor and by a talker-
specific error term. The overall rate factor was determined
for each talker by averaging word duration values across all
17 words in the study. This factor thus served to capture
differences among talkers in their average speaking rates

FIG. 1. Distributions of word durations~shown on the left! and VOT values~shown on the right! for the wordpacespoken by talkers F1 and F2.~Frequency
data are grouped in bins of 50 ms for word duration and 15 ms for VOT.!
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across the experiment. Of particular interest were the talker-
specific error terms (u0 j andu1 j ); these terms specified the
remaining variance in VOT after differences across talkers in
speaking rate were factored out. Thus the HLM, once applied
to the data, allowed us to parcel out variability in VOT at-
tributable to individual talker differences, above and beyond
that attributable to speaking rate and random error.

The data were fitted to the model using a maximum
likelihood estimation technique~Bryk and Raudenbush,
1992!. The results of the analysis indicated that the effect of
the level 1 factor of intrinsic word duration was negligible
@ t(6),1 for both slope and intercept#. That is, although
some words were intrinsically longer than others due to the
durational characteristics of their constituent phonemes~e.g.,
cash is longer in duration thankiss!, such intrinsic differ-
ences in word duration were not predictive of VOT.~Of
course, differences in duration associated with changes in
speaking rate, rather than those associated with different
phonemes, were expected to be highly predictive of VOT, as
discussed below.! Because the intrinsic word duration factor
was found to be negligible, a simplified version of the HLM
was run, excluding this factor. Other than the absence of the
intrinsic word duration factor, the results of this simpler
HLM were not qualitatively different from those of the pre-
vious HLM; the results reported below are therefore based
on the simpler model. The structure of the simpler HLM was
as follows:

Level 1 model: VOTi j 5b0 j1r i j

Level 2 model: b0 j5g001g01 ~overall rate!1u0 j

The results of the analysis based on this model showed that,
as expected, the effect of the overall rate factor was highly
significant @ t(6)529.7, p,0.001]. That is, talkers who
spoke slowly tended to produce longer VOT values than
those who spoke quickly. By far, most of the variability in
VOT in this sample, 82% of the total variability, was attrib-
utable to differences among talkers in overall rate.3 Clearly,
then, speaking rate was the strongest single predictor of
VOT. The critical question addressed by the HLM was
whether any portion of the remaining 18% of the variability
in VOT ~after factoring out speaking rate! was explained by
individual talker differences. The results revealed that differ-
ences among talkers indeed accounted for a significant por-
tion of the variability@x2(6)583, p,0.001]; after factoring
out variability due to speaking rate, 43% of the remaining
variability in VOT ~or 8% of the total variability! was ex-
plained by individual talker identity, leaving 57% unex-
plained~i.e., true error!. Thus, individual differences in VOT
were present, even after controlling for differences associ-
ated with changes in speaking rate.

In order to compare VOT values across talkers after con-
trolling for speaking rate, we compared each talker’s inter-
cept value (b0 j ) at the grand mean of overall rate. These
values reflect each talker’s predicted VOT value if they had
all produced words of the same mean duration~534 ms!.
These rate-corrected VOT values are shown in Table IV. It is
clear from the data in the table that one talker in the sample,
talker F1, had particularly short VOT values compared to the

other talkers. This raised the concern that this single talker
might be responsible for the statistically significant indi-
vidual differences in VOT detected by the HLM above. We
therefore excluded this talker from the HLM and ran the
model again based on seven talkers. The results revealed that
individual talkers still differed significantly from one another
@x2(5)518.9, p,0.01] though these differences accounted
for a much smaller portion of the variability in VOT after
speaking rate was factored out~14% as compared to 43%!.
The presence of this outlier talker~talker F1! in our sample
suggests that some talkers deviate considerably from others
in VOT, though most talkers appear to cluster relatively
closer to one another in their VOT productions. However,
given the small sample size in this study, it is not possible to
draw any strong conclusions about this sample’s representa-
tiveness of the population at large or about the true extent of
variability in VOT in the population at large. Rather, the
present results should be taken only as evidence that talkers
do differ from one another in their VOT productions, even
when differences in speaking rate are controlled.4

In the analyses above, mean word duration was used as
the measure of each talker’s speaking rate. However, as men-
tioned in Sec. II D, operationalizing speaking rate as word
duration raises a possible concern in the present analysis:
Because word duration subsumes the VOT interval of the
word, this measure of speaking rate is not independent from
VOT. In particular, it may be that at least part of the observed
covariation between VOT and word duration arises from
word duration changing as a direct result of changes in VOT
rather than as a result of changes in speaking rateper se.
This would have the effect of exaggerating the relationship
between VOT and speaking rate, such that the true percent-
age of variability in VOT accounted for by speaking rate
should be lower than that described by the HLM above
~82%!. It follows that the portion of variability incorrectly
allotted to differences in speaking rate would then be added
to the variability accounted for by individual talker differ-
ences or by random error or by both. Therefore, for purposes
of assessing individual talker differences, the use of word
duration as a measure of speaking rate is a conservative mea-
sure, in that it may have underestimated the amount of vari-
ability in VOT explained by individual talker differences. In
order to test this possibility, we ran another HLM using the
secondary measure of speaking rate described in Sec. II D,
which did not include the VOT interval. Specifically, this

TABLE IV. Corrected word duration and VOT, in milliseconds, for the eight
talkers, collapsed across words, as given by the hierarchical linear model
~see main text!.

Talker
Corrected

word duration
Corrected

VOT

F1 534 74
F2 534 95
F3 534 95
F4 534 96
M1 534 87
M2 534 100
M3 534 92
M4 534 90
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measure of speaking rate was defined as word duration mi-
nus the VOT interval, that is, as the duration of the VC
portion of the word. The results of this analysis showed that
the effect of overall rate was still highly significant@ t(6)
528.1, p,0.001] and differences among talkers still ac-
counted for a significant portion of the variability in VOT
@x2(6)5123, p,0.001]. But compared to the previous
analysis, overall rate now accounted for a smaller portion of
the overall variability in VOT, 72% as compared to 82%. Of
the remaining variability in VOT, individual talker differ-
ences accounted for 54%~or 15% of the total variability in
VOT!, as compared to 43%~or 8% of the total variability in
VOT!. Thus, using VC duration rather than word duration as
an estimate of speaking rate confirmed the presence of indi-
vidual talker differences in VOT and in fact revealed that the
main analysis above may have underestimated their preva-
lence.

IV. CONCLUSION

The current study asked whether individual talkers differ
from one another in their VOT productions. The results
showed that, in line with previous results~e.g., Bailey and
Haggard, 1973; Koenig, 2000; Newman, 1997!, individual
talkers’ voices do differ in their absolute VOT values. The
single strongest predictor of VOT, however, was a given
talker’s speaking rate. When these differences across talkers
in speaking rate were controlled using a hierarchical linear
model ~HLM !, individual talker differences in VOT were
attenuated but differences among talkers remained. Thus, the
main conclusion from this study is that individual talkers do
differ from one another in their VOT productions even when
differences in speaking rate are controlled. As a secondary
procedural point, given the strong influence of speaking rate
on VOT, the results also underscore the importance of con-
trolling for differences in speaking rate in some manner
when attempting to compare VOT productions across indi-
viduals, groups, or experimental conditions. In particular, it
is important to consider the role of speaking rate in studies
attempting to demonstrate a difference in VOT between two
populations~e.g., clinical populations, age, or gender groups!
when those two populations may well differ in characteristic
speaking rates.

Traditionally, the existence of individual talker differ-
ences in a phonetically-relevant property such as VOT has
been considered problematic ‘‘noise’’ that the phonetic per-
ception system must filter out in order to recover the linguis-
tic message from the signal. However, if listeners are capable
of tracking these individual talker differences, then they
could benefit from such information in at least two ways, as
reviewed in the Introduction. First, listeners could use such
information to facilitate recognition of a talker~Remezet al.,
1997!—that is, listeners could compare VOT information in
the speech signal with stored VOT information about a par-
ticular talker’s voice in order to better recognize individual
voices. Second, listeners could use talker-specific VOT infor-
mation to facilitate recognition of spoken words~Nygaard
et al., 1994!—that is, they could use stored VOT information
about a particular talker’s voice to customize for each talker
the mapping from VOT information in the speech signal to
perceptual phonetic categories in order to better recognize
words spoken by that talker. That VOT differs from talker to
talker, even when speaking rate is controlled, indicates that
VOT may indeed be one phonetically-relevant acoustic prop-
erty used by listeners in these ways. If so, then we would
expect that listeners would exhibit a sensitivity to talker-
specific differences in VOT; future research is aimed at ad-
dressing this question.
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APPENDIX

Each talker’s mean VOT and word duration values, in
milliseconds, for each of the 17 different words are provided
below. These values are averaged across the 30 repetitions of
each of the words~less discarded data due to errors in pro-
duction!. Standard errors of the mean are shown in parenthe-
ses.

Talker F1 Talker F2 Talker F3 Talker F4
Word

duration VOT

Word

duration VOT

Word

duration VOT

Word

duration VOT

pace 565~6.6! 66 ~2.4! 580~8.1! 79 ~2.8! 683 ~9.4! 106~2.9! 591~7.0! 89 ~2.8!
pause 625~6.7! 70 ~3.0! 613~8.5! 99 ~3.8! 845~12.1! 112~2.7! 729~6.1! 103~2.4!
pen 425~9.0! 69 ~3.1! 452~8.5! 103~4.0! 554~10.5! 112~2.6! 521~6.3! 87 ~3.1!
pill 376 ~6.1! 58 ~2.7! 425~6.5! 98 ~3.4! 537 ~8.7! 110~2.2! 489~8.4! 107~2.8!
pose 631~7.5! 58 ~2.6! 627~9.6! 92 ~3.8! 772~10.2! 109~2.3! 717~9.1! 96 ~2.1!
push 534~6.9! 57 ~2.2! 542~9.0! 74 ~3.2! 629 ~8.9! 114~2.3! 580~8.1! 90 ~1.9!

tale 471~4.5! 75 ~2.0! 487~7.2! 98 ~3.2! 621 ~8.4! 129~2.7! 590~8.0! 111~2.7!
tease 611~7.2! 79 ~2.0! 584~7.7! 88 ~2.5! 784 ~11.9! 126~2.6! 728~8.8! 111~3.1!
time 529~7.1! 77 ~2.3! 555~6.0! 116~4.4! 677~10.2! 138~2.8! 663~8.5! 123~2.4!
ton 412~5.3! 72 ~2.2! 472~7.1! 115~4.3! 566 ~9.6! 138~3.3! 554~7.0! 107~2.7!
tool 458~5.9! 82 ~3.0! 432~6.4! 92 ~3.1! 582 ~6.5! 134~2.0! 573~7.4! 129~2.6!
town 527~6.2! 73 ~3.1! 542~8.3! 105~4.3! 676~10.8! 127~3.3! 641~8.6! 104~3.3!
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Talker F1 Talker F2 Talker F3 Talker F4
Word Word Word Word

duration VOT duration VOT duration VOT duration VOT

cash 665 ~8.8! 79 ~1.9! 654 ~7.6! 100 ~3.8! 780 ~11.0! 115 ~2.7! 645 ~5.4! 111 ~3.0!
cause 646 ~6.4! 83 ~2.4! 636 ~7.9! 100 ~3.3! 835 ~10.0! 111 ~2.4! 736 ~7.4! 113 ~4.2!
comb 491 ~7.0! 76 ~2.3! 503 ~6.4! 93 ~3.0! 642 ~9.5! 111 ~2.2! 614 ~9.6! 103 ~3.1!
come 420 ~6.5! 74 ~2.8! 451 ~6.3! 94 ~3.8! 553 ~10.4! 115 ~2.0! 517 ~8.1! 100 ~2.8!
kiss 498 ~6.0! 70 ~2.4! 551 ~5.9! 80 ~3.4! 623 ~9.8! 124 ~2.8! 557 ~6.5! 102 ~2.6!

Talker M1 Talker M2 Talker M3 Talker M4
Word Word Word Word

duration VOT duration VOT duration VOT duration VOT

pace 605 ~9.5! 109 ~5.1! 431 ~4.4! 61 ~2.0! 425 ~6.4! 59 ~2.8! 523 ~7.2! 70 ~2.5!
pause 686 ~11.2! 93 ~3.8! 482 ~5.4! 64 ~2.1! 479 ~5.6! 79 ~2.4! 573 ~6.4! 86 ~2.4!
pen 544 ~10.8! 111 ~5.8! 392 ~4.6! 69 ~1.8! 290 ~4.8! 61 ~2.2! 430 ~5.7! 81 ~2.5!
pill 507 ~9.8! 105 ~4.5! 362 ~3.8! 60 ~1.9! 257 ~6.4! 67 ~2.7! 418 ~6.9! 84 ~2.1!
pose 671 ~14.4! 95 ~4.6! 486 ~6.4! 61 ~1.5! 449 ~6.7! 61 ~2.6! 565 ~4.7! 75 ~2.1!
push 609 ~13.0! 112 ~8.4! 415 ~5.6! 65 ~2.1! 404 ~4.5! 52 ~1.9! 515 ~5.0! 82 ~2.5!

tale 552 ~11.9! 110 ~4.1! 416 ~4.0! 74 ~1.5! 299 ~5.2! 66 ~1.9! 480 ~6.0! 80 ~2.2!
tease 697~14.1! 110 ~2.9! 459 ~4.6! 79 ~1.4! 455 ~5.2! 84 ~2.1! 565 ~4.0! 94 ~3.3!
time 633 ~11.0! 118 ~4.6! 448 ~5.6! 72 ~1.8! 341 ~6.2! 73 ~2.5! 519 ~6.5! 88 ~3.0!
ton 546 ~9.2! 128 ~5.4! 399 ~4.6! 74 ~1.7! 284 ~4.9! 61 ~2.4! 440 ~7.3! 90 ~3.6!
tool 557 ~11.4! 113 ~4.4! 445 ~7.8! 78 ~1.9! 312 ~7.6! 83 ~2.7! 459 ~5.6! 109 ~3.0!
town 670 ~14.1! 124 ~6.7! 463 ~7.9! 72 ~1.5! 336 ~7.0! 68 ~2.5! 526 ~5.7! 78 ~2.2!

cash 756 ~14.1! 121 ~3.6! 504 ~4.7! 70 ~1.9! 508 ~4.9! 76 ~2.5! 589 ~7.5! 82 ~2.2!
cause 693~13.8! 100 ~3.5! 488 ~5.4! 78 ~2.7! 490 ~6.1! 86 ~2.5! 568~10.1! 92 ~1.8!
comb 604 ~13.2! 106 ~4.0! 445 ~5.7! 71 ~2.0! 338 ~6.7! 80 ~2.4! 496 ~6.0! 92 ~2.6!
come 536 ~11.0! 113 ~4.1! 393 ~3.7! 65 ~1.6! 299 ~4.6! 75 ~2.0! 433 ~6.0! 92 ~2.8!
kiss 568 ~9.0! 116 ~4.4! 393 ~4.3! 68 ~1.6! 383 ~4.3! 69 ~1.9! 486 ~6.4! 92 ~2.4!

1The model does assume a linear relationship between predictor and out-
come variables, in this case between speaking rate~as measured by word
duration! and VOT. Although the true relationship between speaking rate
and VOT may well be nonlinear, their relationship in the present data set
approximated a linear function; therefore the HLM was deemed appropri-
ate.

2The data were averaged across the 30 repetitions of each word spoken by
each talker to serve as an estimate of VOT and intrinsic word duration for
a given word spoken by a given talker. Note that with the inclusion of an
additional level to the model, the HLM could accommodate the level of
specificity of individual word repetitions, but this was not deemed neces-
sary for purposes of the current investigation.

3We calculated this proportion of variability explained by overall rate by
running another version of the HLM, identical to the main HLM but ex-
cluding the factor of overall rate. By comparing variance components with
and without the factor in the model we used a simple proportion to deter-
mine how much of the variability was explained by the factor.

4A further point of interest concerns gender differences in VOT. Some
claims have been advanced in the literature that females tend to have longer
VOT values for voiceless stop consonants than do males~Ryalls et al.,
1997; Swartz, 1992; Whiteside and Irving, 1998!. This claim appears to be
supported by the absolute VOT data shown in Table II, where an average
across the four female talkers yields an absolute VOT of 98 ms whereas an
average across the four male talkers yields an absolute VOT of 84 ms.
However, this gender difference is not evident when differences among the
talkers in speaking rate are controlled; in Table IV the mean rate-corrected
VOT for females is 90 ms and for the males it is 92 ms.
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The article presents spectral models of additive and modulation noise in speech. The purpose is to
learn about the causes of noise in the spectra of normal and disordered voices and to gauge whether
the spectral properties of the perturbations of the phonatory excitation signal can be inferred from
the spectral properties of the speech signal. The approach to modeling consists of deducing the
Fourier series of the perturbed speech, assuming that the Fourier series of the noise and of the clean
monocycle-periodic excitation are known. The models explain published data, take into account the
effects of supraglottal tremor, demonstrate the modulation distortion owing to vocal tract filtering,
establish conditions under which noise cues of different speech signals may be compared, and
predict the impossibility of inferring the spectral properties of the frequency modulating noise from
the spectral properties of the frequency modulation noise~e.g., phonatory jitter and frequency
tremor!. The general conclusion is that only phonatory frequency modulation noise is spectrally
relevant. Other types of noise in speech are either epiphenomenal, or their spectral effects are
masked by the spectral effects of frequency modulation noise. ©2003 Acoustical Society of
America. @DOI: 10.1121/1.1523384#

PACS numbers: 43.70.Gr, 43.70.Bk@AL #

I. INTRODUCTION

The objective of the article is to model the spectral ef-
fects of additive noise owing to turbulent airflow, as well as
of modulation noise owing to perturbations of the vocal
cycle amplitudes and lengths. The purpose of the modeling is
to learn about the causes of noise in the spectra of normal
and disordered voices and to gauge whether the spectral
properties of the perturbations of the phonatory excitation
signal can be inferred from the spectral properties of the
speech signal.

Modulation noise and additive noise are acoustic fea-
tures of the phonatory timbre. Generally speaking, acoustic
primitives of the phonatory timbre may be classified as fol-
lows.

First, the acoustic source formed by the glottal vibration
and pulsatile airflow must be distinguished from the acoustic
source due to turbulent airflow. Glottal vibrations and pulsa-
tile airflow generate the phonatory excitation signal and tur-
bulent airflow generates acoustic noise~Stevens, 1998!.

Second, acoustic primitives that are the outcome of
noisy or voluntary perturbations of the parameters of the
acoustic excitation signal are, in decreasing order of size and
time scale, intonation, accentuation, declination, vibrato,
tremolo, phonatory frequency and amplitude tremor, phona-
tory jitter and shimmy~also known as shimmer! ~Schoent-
gen, 2001!.

Third, acoustic primitives that are related to the dynam-
ics of the vocal folds and glottis are the so-called voice types
that distinguish between signals that are monocycle periodic,

multicycle periodic, quasiperiodic, or random~Behrman
et al., 1998!.

Fourth, acoustic primitives that describe the spectral
contour of the phonatory excitation are the spectral balance
or spectral slope. They enable the distinction between
pressed and breathy voices to be made~Van Son and Van
Santen, 1997; Stevens, 1998!. The spectral contour is the
shape of the phonatory magnitude spectrum, disregarding
harmonicity, phonatory frequency range, and overall ampli-
tude.

The spectral models that are developed in this article are
focused on noisy perturbations of clean periodic monocyclic
excitation signals. The term ‘‘noise’’ designates an undesired
or extraneous signal. Frequently, extraneous vocal noise in-
volves a stochastic component. The model, however, enables
deterministically as well as stochastically patterned perturba-
tions to be considered.

Klingholz and Martin~1985! have been among the first
to mimic vocal jitter and shimmy by a sinusoidal modulation
of the instantaneous length and amplitude of a sinusoid. They
have also synthesized single-formant speech cycles whose
amplitudes and lengths are perturbed independently and they
have estimated the spectral signal-to-noise ratio. The pertur-
bations are Gaussian white noise. The authors have con-
cluded that in the case of jitter, the spectral signal-to-noise
ratio depends on the amplitude and frequency of the modu-
lation. Jitter creates higher noise levels than shimmy, which
has only a small effect on the noise content of speech spec-
tra. Since shimmy is correlated with jitter, it is expected to be
a redundant vocal feature. The observation that vocal jitter
and shimmy are correlated is based on natural speech data,
however.

Hillenbrand ~1987! has published spectra of synthetica!Electronic mail: jschoent@ulb.ac.be
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speech perturbed by additive noise, amplitude-modulation
noise, and frequency-modulation noise. The additive noise
has been generated by the default noise source of a speech
synthesizer, and the modulation noise by inserting scaled
speech cycle lengths and amplitudes that have been obtained
from the speech of a male speaker. The frequency and am-
plitude perturbations of the synthetic excitation have been
larger than normal, and their spectral properties are not genu-
ine. The spectra display the conventional signatures of
modulation and additive noise, i.e., noise partials at all fre-
quencies for the additive noise, weak sidebands for the
amplitude-modulation noise, and strong sidebands and de-
creasing partials at the harmonic frequencies for the
frequency-modulation noise. The author has concluded that
strong measurement interactions exist among the three cat-
egories of synthetic noise.

Muta et al. ~1988! have published spectra of synthetic
speech that has been perturbed by additive noise, amplitude-
modulation noise, and frequency-modulation noise. The syn-
thetic speech signals have been sinusoidally amplitude- and
frequency modulated at 8 Hz independently from the syn-
thetic phonatory jitter and shimmy. The size of the modula-
tion noise and additive noise has been larger than normal. An
analysis window four speech cycles in length has been used.
The authors have concluded that glottal source perturbations
distort the harmonic structure and thus affect both noise mea-
sures and harmonic strength measures. Also, the harmonic
structure of a voice signal shows greater distortion in higher
harmonics than in lower harmonics. The modulation effects
of the source perturbations increase in proportion to the order
of the harmonics.

Murphy ~2000! has presented a spectral description of
jitter, shimmy, and additive noise in synthetically generated
voice signals. The article contains a heuristic mathematical
development based on a Fourier series of two cycles of a
model of the glottal airflow rate, which provides a qualitative
insight into the appearance of sidebands and noise partials as
well as the decrease of the harmonics in the case of jittered
signals. These qualitative predictions have been tested with
synthetic signals that involve modulation noise and additive
noise. The synthetic modulation and additive noise has been
Gaussian white noise or square waves. The synthetic pertur-
bations have been larger than normal. Synthetic noisy speech
spectra have been presented but the modulation distortion
owing to the vocal tract transfer function has not been dis-
cussed. The following predictions have been made. For
shimmied signals the amplitudes of the harmonics are un-
changed and the interharmonic partials increase with the
variance of the amplitude-modulating noise. For jittered sig-
nals the amplitudes of the harmonics are reduced and the
interharmonic partials increased. Additive noise does not
change the average amplitudes of the harmonics of the clean
signal, as long as the amplitudes of the noise partials at the
same frequency are small. The interharmonic partials owing
to jitter and shimmy depend on the spectral properties of the
clean signal that is perturbed.

Hereafter, a model is presented in the framework of
which the spectral properties of noisy phonatory and speech
signals are derived analytically. The empirical results that

have been discussed above are explained. Other reasons for
developing spectral models of perturbed excitation and
speech signals are the following.

First, algebraic or trigonometric models have the advan-
tages over numerical simulations of making explicit all pa-
rameters that are involved and implicitly considering all pos-
sible values of these parameters. Examples of relevant
parameters are the amplitude, shape, and cyclicity of the sig-
nals and noise, the vocal tract transfer function, as well as the
length of the analysis window and the analysis bandwidth.

Second, spectral cues that involve the harmonics and
interharmonics are often used to describe disordered voices
in a clinical framework. Disordered voices may be character-
ized by increasing amounts of modulation and additive noise,
as well as by phonation types that are not monocycle peri-
odic. The synthetic data that have been reviewed above sug-
gest, however, that different acoustic primitives do not con-
tribute equally to the spectral properties of disordered
speech. Therefore, spectral modeling enables predictions to
be made regarding the spectral prominence of different kinds
of perturbations and, consequently, the relevance of spectral
cues for the description of disordered voices.

Third, spectral cues that involve the ratio of the ampli-
tudes of the first and second harmonic or the ratio of the
amplitude of the first harmonic and the amplitude of the first
formant have been used to infer the abduction quotient or the
spectral tilt of the phonatory excitation~Ladefoged, Maddie-
son, and Jackson, 1988; Hanson, 1997!. It is therefore impor-
tant to understand how the amplitudes of the harmonics de-
pend on the frequency-modulation noise of the speech signal.

Fourth, a problem that has frequently been omitted from
previous studies is the modulation distortion that takes place
inside the vocal tract and which creates extraneous phase and
amplitude modulations of the speech signal via the amplitude
and frequency modulations of the phonatory excitation sig-
nal. Modulation distortion designates a change in the modu-
lation of the phonatory excitation signal during the transmis-
sion through the vocal tract~Panther, 1965!.

Generally speaking, the frequency modulation of the
phonatory excitation causes a frequency modulation and am-
plitude modulation of the speech signal. This means that the
amplitude modulation of the excitation signal cannot be in-
ferred from the amplitude modulation of the speech signal,
which is epiphenomenal.

Similarly, the amplitude modulation of the phonatory
excitation causes an amplitude modulation and phase modu-
lation of the speech signal. However, the consequences of the
phase modulation are considered to be harmless~Michaelis
et al., 1998!. One purpose of the modeling in this article is
therefore to explain the asymmetry between amplitude-
modulation and frequency-modulation distortion.

Modulation distortion is studied within the framework of
spectral models because sinusoids are eigenfunctions of lin-
ear filters. But, the effects of the modulation distortion con-
cern both the spectral and temporal properties of the speech
signal.

Fifth, modulation distortion by the vocal tract is but a
single facet of a more general question, which is whether the
spectral properties of additive or modulating noise can be
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inferred from the spectral properties of a noisy excitation,
and the latter from the spectral properties of noisy speech.

Sixth, physiological tremor of the articulators is com-
mon ~Freund, 1987!. It is therefore likely that articulatory
tremor causes tremor of the vocal tract shape and, conse-
quently, tremor of the frequencies and bandwidths of the
formants and antiformants. Spectral modeling enables the
tremor of the formant frequencies to be related to the tremor
of the amplitude of the speech cycles.

The article is organized as follows. In Sec. II, the model
is developed mathematically. The modeling approach is the
following. The spectral properties of the clean excitation as
well as of the perturbations are assumed to be known. The
perturbations are inserted into the parameters of the clean
excitation. The resulting expressions are mathematically
transformed to obtain expressions that are sums of sines and
cosines, i.e., the spectra of the perturbed signals. In Sec. III,
the relevant properties of the perturbed excitation and speech
signals are summarized. Section IV, finally, considers the
consequences of what has been learned by modeling for the
analysis of disordered or nonmodal voices in a clinical or
laboratory framework.

Data regarding the properties of the clean and noisy ex-
citation or speech are referred to in order to interpret model-
ing results. Gauffin and Sundberg~1989! have discussed the
spectral properties of the clean excitation. Isshikiet al.
~1978! and Hillman, Oesterle, and Feth~1983! have studied
additive noise that is generated at the glottis. Schoentgen
~2001! gives an overview of the properties of the perturba-
tions of the phonatory frequency, and Schoentgen, Bensaid,
and Bucella~2000! have reviewed acoustic cues for spectral
noise.

As far as we know, few data are available concerning
phonatory shimmy or phonatory amplitude tremor. Phona-
tory amplitude perturbations must indeed be distinguished
from speech amplitude perturbations and vocal fold contact
area perturbations. Data published by Horii~1982! suggest
that phonatory shimmy is of the order of 0.1% of the cycle
amplitude, which is ten times less than speech shimmy.

Similarly, no data are available about the shape pertur-
bations of the phonatory cycles, as far as we know. Shape
perturbations are therefore not modeled in the framework of
this article. Shape perturbations are due to a nonhomoge-
neous amplitude modulation of the harmonics of the clean
excitation, and their modeling would require a model of the
relation between excitation spectrum and amplitude.

Finally, as far as we know, no data are available regard-
ing speech tremor that is caused by physiological supraglot-
tal tremor. However, one simulation study has been pub-
lished about artificial tremor of the chest, throat, and vocal
tract. This study concludes that the long-term amplitude
modulation of the acoustic signal is greatest when the source
of tremor is located at the chest~subglottal level! and the
least when the perturbation source is at the cheek~Jiang
et al., 2000!.

II. MODELS

A. Fourier sums of the noise and clean excitation

The purpose of the models is the explanation of the
spectral properties of phonatory excitation signals and
speech signals that are perturbed by modulation noise or ad-
ditive noise. The spectral properties of the clean excitation
and of the noise are assumed to be known. These can there-
fore be written in terms of their Fourier sums. In the frame-
work of this article, Fourier sums are generic, that is, no
numeric values are assigned to the Fourier coefficients.

One assumes that the clean excitation is monocycle pe-
riodic and that it can be represented by its Fourier sum on an
analysis interval of finite lengthT that comprises an integer
numberM of periods. The fundamental frequencyf 0 of the
clean excitation is therefore equal to the following:

f 05
M

T
. ~1!

Reasons for considering finite analysis intervals are the
following. First, speech data are always obtained on analysis
intervals of finite length. A model parameter that represents
the analysis window length is therefore useful. Second, ape-
riodic signals can be described by means of a Fourier sum
over an analysis interval of finite length. Noise and clean
signal can therefore be represented by means of a common
formalism.

Generally speaking, the conditions under which finite-
length bandlimited signals can be represented by their Fou-
rier sums are mild~Duffy, 1998!. When the signals are band-
limited, which they always are in practice, the number of
Fourier partials is finite. The clean periodic excitationE(t)
and noisee(t) can therefore be represented as follows. Vari-
ablet is the time coordinate, integersN andL are the number
of partials that are involved in the Fourier sums of the clean
excitation and noise, respectively, symbolsFn andw j are the
initial phases, and symbolsCn andcj are the Fourier ampli-
tudes

E~ t !5 (
n51

N

Cn sinS n
2pM

T
t1fnD , ~2!

e~ t !5(
j 51

L

cj sinS j
2p

T
t1w j D . ~3!

Expression~2! applies at all times and expression~3!
only over the finite analysis interval, because the clean exci-
tation is periodic and the noise aperiodic. For modeling pur-
poses, Fourier sum~3! is consecutively assigned to the addi-
tive noise, amplitude-modulating noise, and frequency-
modulating noise. The term ‘‘modulating noise’’ designates
the external perturbations and the term ‘‘modulation noise’’
designates the spectral effects of the modulating noise in the
perturbed signal.

B. Trigonometric identity

In this article, a trigonometric identity is used that con-
cerns the sum of two cosines of unequal amplitudesA andB
and unequal phasesa andb ~Black, 1953!
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A cos~a!1B cos~b!5AA112x cos~d!1x2

3cos~a2u!,

x5
B

A
, d5a2b,

~4!

u5arctan
x sin~d!

11x cos~d!
,

u5
d

2
, when x51.

C. Additive noise

When clean excitation~2! and noise~3! are generated by
two distinct acoustic sources, then noisy signal~5! is the sum
of the clean signal and the noise because in the case of two
weak acoustic signals superposition holds. This sum is also
the Fourier sum of the noisy signal, because it involves only
sums of sinusoids

S~ t !5 (
n51

N

Cn sinS n
2pM

T
t1fnD1(

j 51

L

cj sinS j
2p

T
t1w j D .

~5!

When indexj ÞnM, the partials of the noisy excitation
are identical with the partials of the noise. On the contrary,
when index j 5nM the j th Fourier amplitude of the noisy
signal lies between the sum and difference of the Fourier
amplitudes of the noise and clean excitation, depending as
expected on the initial phases of the Fourier partials. Fourier
amplitude~6! is obtained via trigonometric identity~4!.

ACj
212Cjcj cos~f j2w j !1cj

2. ~6!

Expression~6! applies whenever two partials share the
same Fourier frequency, whatever their cause.

D. Amplitude modulation

Instances of noisy amplitude modulation are phonatory
shimmy and phonatory amplitude tremor, about which al-
most nothing is known. The most parsimonious assumption,
therefore, is that the overall gain of the clean excitation is
modulated by noise. This means that the clean excitation is
multiplied by the following expression:

11(
j 51

L

cj sinS j
2p

T
t1w j D . ~7!

The leftmost addend is the unperturbed~unitary! gain
and the rightmost addend is the noisy amplitude modulation.
The multiplication of the clean excitation~2! with the noisy
gain ~7! yields the noisily amplitude-modulated excitation
~8!

S~ t !5 (
n51

N FCn sinS n
2pM

T
t1fnD

1(
j 51

L

Cncj sinS j
2p

T
t1w j D sinS n

2pM

T
t1fnD G . ~8!

The amplitude-modulated excitation~8! is transformed
by means of elementary trigonometric identities into its spec-
tral representation~9! involving only sums of sinusoids. The
pairs of cosines whose Fourier frequencies are symmetrically
positioned below and above the harmonic frequenciesnM/T
are known as sidebands

S~ t !5 (
n51

N H Cn sinS n
2pM

T
t1fnD

1(
j 51

L
Cncj

2 FcosS ~nM2 j !
2p

T
t1fn2w j D

2cosS ~nM1 j !
2p

T
t1fn1w j D G J . ~9!

Excitation ~9! shows that when the hemiperiod number
M /2 is larger than the noise partial numberL, the sidebands
of adjacent harmonics do not overlap. When, on the contrary,
M /2,L, the sidebands of adjacent harmonics overlap, and
when M,L, the harmonics overlap with the sidebands of
the harmonics to their left or right. In the case of overlap, the
Fourier amplitudes are added according to relation~6!. Oth-
erwise, the harmonics of the noisy signal are identical to the
harmonics of the clean signal.

E. Frequency modulation

Instances of noisy frequency modulation of the phona-
tory excitation signal are phonatory jitter and phonatory fre-
quency tremor. The most parsimonious assumption, which
agrees with the data, is that the fundamental frequency of the
clean excitation is perturbed. Consequently, the frequency
modulation of a harmonic is proportional to the harmonic
numbern. By definition, the instantaneous frequency of a
harmonic is equal to the derivative with respect to time of the
phase of the harmonic. For notational reasons, the modula-
tion noise of the instantaneous frequency is written in terms
of a sum of cosines. The noisily modulated instantaneous
frequency of a harmonic is then equal to the following:

u̇5nF2pM

T
12p(

j 51

L

cj cosS j
2p

T
t1w j D G . ~10!

The phase is obtained by integrating the instantaneous
frequency~10! before it is inserted into the phase of the
harmonics of the clean signal to obtain the frequency-
modulated signal~11!

S~ t !5 (
n51

N

Cn sinFn
2pM

T
t1fn1n(

j 51

L

cj

T

j

3sinS j
2p

T
t1w j D G . ~11!

The frequency-modulated excitation~11! is rewritten by
assigning the modulation indexI and phaseg to the follow-
ing expressions~12!. The product of the modulation index
with the derivative with respect to time of the matching
phase is used at a later stage
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I j ,n5ncj

T

j
,

g j5 j
2p

T
t1w j , ~12!

I j ,nġ j52pncj .

The perturbed excitation is then compactly rewritten as
follows:

S~ t !5 (
n51

N

Cn sinFn
2pM

T
t1fn1(

j 51

L

I j ,n sin~g j !G .

~13!

The Fourier series of a sinusoid that is frequency modu-
lated by a nonsinusoidal modulating signal has been discov-
ered more than once~Black, 1953!. Fourier sum~14! is ob-
tained by inserting Black’s result into the frequency-
modulated excitation~13!

S~ t !5 (
n51

N

Cn (
k152`

`

¯ (
kL52`

`

Jk1
~ I 1,n!¯JkL

~ I L,n!

3sinS n
2pM

T
t1fn1k1g11¯1kLgLD . ~14!

Symbols J(.) are Bessel functions of the first kind
whose relevant properties are the following.

First, the zero-order Bessel function has a shape that is
similar to a dampened cosinusoid;J0(0)51 and the first
zero crossing occurs when the modulation index is approxi-
mately equal to 12/5.

Second, Bessel functions whose orders are strictly posi-
tive evolve similarly to dampened sinusoids: the higher the
order of the Bessel function the slower the initial increase
and the lower the first maximum.

Third, a Bessel function whose integer order is strictly
negative is equal to the corresponding Bessel function whose
order is positive, multiplied by21 when the order is odd.

F. Filtered clean excitation

Generally speaking, the spectrum of the acoustic excita-
tion signal cannot be observed directly. The spectra that are
observed are those of the speech signal that is obtained by
filtering the acoustic excitation by the vocal tract transfer
function ~Stevens, 1998!.

Sine and cosine functions are the eigenfunctions of lin-
ear transfer functions. That is, when a sinusoid is used as the
input of a linear filterH, a sinusoid is output that has the
same frequency, but whose amplitude and initial phase are
different. Consequently, the filtered clean excitation~2! is
equal to the following. Symbola is the phase shift owing to
the filtering andH the transfer function amplitude

Sf5 (
n51

N

CnH~n f0!sin@2pn f0t1fn1a~n f0!#. ~15!

G. Filtered added-noise excitation

The filtered excitationSp perturbed by additive noise is
obtained by applying filterH to the added-noise excitation
~5!

Sp5Sf1(
j 51

L

cjHS j
2p

T D sinF j
2p

T
t1w j1aS j

2p

T D G .
~16!

As expected, the filtered added-noise excitation is the
sum of the filtered clean excitation and the filtered additive
noise.

H. Filtered amplitude-modulated excitation

Generally speaking, a vocal tract transfer function is a
smooth curve that connects resonance peaks and antireso-
nance troughs, which are few. This means that in the vicinity
of most of the harmonics the transfer function evolves lin-
early. Therefore, when the modulating noise causes side-
bands that tightly cluster around the modulated harmonics,
the effects of the filtering can be understood by expanding
the vocal tract transfer function in the vicinity of the harmon-
ics. Symboln is the harmonic number,v the angular fre-
quency, andf the frequency variable

H~v!'Hn1FdH

dv G
n

~2p f 22pn f0!

5Hn1hn~2p f 22pn f0!. ~17!

The filtered amplitude-modulated excitationSp is ob-
tained by applying filter~17! to the amplitude-modulated ex-
citation ~9!

Sp~ t !5Sf1 (
n51

N

(
j 51

L
Cncj

2 F S Hn2hnj
2p

T D cosS ~nM2 j !

3
2p

T
t1fn2w j1an,2 j D2S Hn1hnj

2p

T D
3cosS ~nM1 j !

2p

T
t1fn1w j1an, j D G . ~18!

As expected, filtering causes a change in the sizes of the
sidebands and harmonics. In particular, the amplitudes of
matching sidebands that are equal before filtering are un-
equal after filtering. The changes are proportional to the Fou-
rier frequencies of the modulating noise. This is expected
because high-frequency partials of the noise cause sidebands
that are further removed from the harmonics.

The effects of filtering can be qualitatively understood
by applying trigonometric identity~4! to the filtered output
~18!

S~ t !5Sf1 (
n51

N

(
j 51

L
Cncj

2 H S Hn1hnj
2p

T D
3A11x cos~d!1x2 cosF ~nM1 j !

2p

T
t

1fn1w j1an, j2uG J ,
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x52

Hn2hnj
2p

T

Hn1hnj
2p

T

, ~19!

d5 j
4p

T
t12w j1an, j2an,2 j ,

u5arctan
x sin~d!

11x cos~d!
.

The previous relations show that the filtered amplitude-
modulated excitation is a signal that is amplitude modulated
via the term cos(d) in the argument of the square root, and
phase modulated via the angleu in the argument of the co-
sine. Phase-shiftu is a phase modulation when its derivative
with respect to time is not a constant. The Taylor expansion
of the derivative with reference to time of the phase shift and
its primitive ~20! establishes that the derivative is not a con-
stant when ratiox is different from unity, i.e., when the vocal
tract transfer function is not flat

u̇5

x j
4p

T

~11x2!1~12x2!cos~d!

' j
2p

T
1 j

2p

T
cos~d!~x21!,

~20!

u' j
2p

T
t1

1

2
~x21!sin~d!.

However, as long as ratiox is nearly equal to 1, the
phase modulation is spectrally similar to an amplitude modu-
lation ~Oppenheim, Willsky, and Young, 1983!. Indeed, the
following expression is obtained by inserting phase~20! into
the filtered signal~19! and taking into account conventional
trigonometric identities, assuming that sin(z)'z and cos(z)
'1 whenz is small:

Sp~ t !5Sf1 (
n51

N

(
j 51

L
Cncj

2 S Hn1hnj
2p

T D
3A11x cos~d!1x2FcosS nM

2p

T
t

1fn1w j1an, j D1
1

2
~x21!sin~d!

3sinS nM
2p

T
t1fn1w j1an, j D G . ~21!

In relation ~21! the weak phase modulation has been turned
into an amplitude modulation of the sidebands.

I. Filtered frequency-modulated excitation

The filtered frequency-modulated excitationSp is ob-
tained by applying filter~17! to the frequency-modulated ex-
citation ~14!. The frequency variablef in filter ~17! takes on
the value of the instantaneous frequency of the frequency-
modulated sinusoid

Sp~ t !5 (
n51

N

Cn (
k152`

`

(
k252`

`

¯ (
kL52`

`

Jk1
~ I 1,n!

3Jk2
~ I 2,n!¯JkL

~ I L,n!@Hn1hn~k1ġ11¯1kLġL!#

3sinS n
2pM

T
t1fn1k1g11¯1kLgL1an,k1¯k2D .

~22!

Fourier sum~22! suggests that filtering causes modula-
tion distortion by changing the amplitudes of matching side-
bands unequally. The relevant term is the weighted sum of
the instantaneous frequencies of the noise partials. This sum
is different for matching sidebands, because the weightsk of
the instantaneous frequencies to the left and right of each
harmonic are negative and positive respectively.

Fourier sum~22! provides little intuitive insight into the
effects of filtering. A qualitative understanding can be ob-
tained, of the creation of extraneous amplitude-modulation
noise by means of frequency-modulation noise, by combin-
ing the frequency-modulated excitation~13! with the filter
~17!. Relation~23! so obtained is an approximation only be-
cause the functions in the Fourier sum are not pure sine
functions but frequency-modulated sine functions, which are
not eigenfunctions of linear filters. Still, one may assume that
the approximation is valid when the modulation is slow. This
means that the typical modulating period must be much
longer than the effective length of the impulse response of
the vocal tract filter. Inspecting vowels shows that the effec-
tive length of the impulse response is two glottal cycles at
most, whereas the typical tremor period for normophonic
speakers is 1/3 s~Schoentgen, 2002!

Sp~ t !' (
n51

N

CnFHn1hn(
j 51

L

I j ,nġ j cos~g j !GsinF2pn f0t

1fn1(
j 51

L

I j ,n sin~g j !1an, j G . ~23!

Relation ~23! suggests that filtering turns a frequency-
modulated input into a frequency-modulated and amplitude-
modulated output.

J. Tremor of the vocal tract area function

Tremor of the vocal tract walls causes small changes of
the shape of the vocal tract area function. If the rhythm of
these changes is slow compared to the phonatory frequency,
the area function tremor can be modeled as a modulation of
the vocal tract transfer function~Jospa, 1983!. This postulate
is satisfied by typical tremor frequencies that are contained in
an interval from 1 to 15 Hz~Titze, 1995!.

A resonance filter whose frequency is time variable can
be expanded by means of its Taylor series when the pertur-
bationDv0 of the resonance frequency is weak

H~v,v0!'Hn,v0
1hn,v0

~v22pn f0!1gn,v0
Dv0 ,

~24!
a~v,v0!'av0

~v!1cv0
Dv0 .

558 J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Jean Schoentgen: Spectral models of vocal noise



It is easy to check by means of the amplitude and phase
characteristics~25! of a resonance filter that constantsh, g,
andc are bounded when the bandwidth of the filter is finite
~Tempelaars, 1996!. Symbol v52p f is the angular fre-
quency variable,v0 the resonance frequency of the undamp-
ened filter,n the damping constant, andG the filter gain

H~v,v0!5
C

An2v21~v0
22v2!2

,

~25!

a~v,v0!52arctan
nv

v0
22v2 .

Relations ~24! show that a resonance filter with fre-
quency tremorDv0 causes an amplitude modulation and a
phase modulation of the filtered excitation. But, because the
phase modulation is weak, it is spectrally similar to an am-
plitude modulation. Indeed, the following relations are ob-
tained by filtering the clean excitation~2! by the time-
variable filter ~24!, taking into account elementary
trigonometric identities, and omitting all terms that are prod-
ucts of quantities that are assumed to be small

Sp~ t !5 (
n51

N

Cn~Hn,v0
1hn,v0

cv0
Dv̇01gn,v0

Dv0!

3sin~2pn f0t1fn1av0
1cv0

Dv0!,

~26!

Sp~ t !' (
n51

N

Cn~Hn,v0
1hn,v0

cv0
Dv̇01gn,v0

Dv0!

3sin~2pn f0t1fn1av0
!

1 (
n51

N

Cn~Hn,v0
cv0

Dv0!

3cos~2pn f0t1fn1av0
!.

The previous relations show that the resonance fre-
quency perturbation and its rate modulate the amplitude of
the output signal. None of the terms involves a product with
the harmonic number.

III. RESULTS

A. Additive noise

When the additive noise~3! is feeble compared to the
clean excitation~2!, the spectrum of the noisy excitation~5!
is formed by the harmonics of the clean signal between
which the weak partials of the noise are inserted. The result
is a spectrum in which the relative contributions of the noise
and the excitation are preserved.

B. Amplitude-modulation noise

Each partial of the modulating noise gives rise to a pair
of matching side partials that are positioned symmetrically to
the left and right of each harmonic. This means that the total
number of partials is twice the number of noise partials mul-
tiplied by the number of harmonics. This number is reduced
when some sidebands and harmonics share the same Fourier

frequency. Relation~6! shows that the overlap between har-
monics and sidebands has negligible consequences for the
harmonics as long as the amplitudes of the noise partials are
small.

The amplitudes of the sidebands are proportional to the
amplitudes of the partials and harmonics. The spectrum~19!
of an amplitude-modulated excitation is therefore formed by
the harmonics of the clean excitation and by the sidebands
whose amplitudes are feeble as long as phonatory shimmy
and amplitude tremor are weak.

C. Frequency modulation noise

When the excitation is frequency modulated, a distinc-
tion must be made between partials that are positioned at the
harmonic frequencies of the clean excitation and sidebands
that are positioned in between. The Fourier sum~14! shows
that the amplitude of a partial that is positioned at a harmonic
frequency involves the product of several zero-order Bessel
functions, one for each partial of the frequency-modulating
noise.

The value of a zero-order Bessel function decreases with
the modulation index. The modulation index~12! increases
with the harmonic number and the amplitude of the noise
partial, and decreases with the frequency of the noise partial.
This means that even small frequency perturbations have
large spectral effects owing to the dependence of the modu-
lation index on the harmonic number. That is, for a given
modulating noise, the amplitudes of the ‘‘harmonic’’ partials
of the modulated signal decrease with the harmonic number.
The harmonic partials therefore become masked by their
own sidebands when the harmonic number is large.

Fourier sum~14! also shows that the size of each side-
band is a function of the product of several non-zero-order
Bessel functions, one for each partial of the frequency-
modulating noise. The orders of the Bessel functions are not
bounded and the values of the Bessel functions depend on
the modulation index.

For an isolated noise partial, a rule of thumb gives the
effective bandwidth of the sidebands around each harmonic
as twice the value of the product~12! of the modulation
index and modulating frequency~Oppenheim, Willsky, and
Young, 1983!. This means that the bandwidth of the side-
bands broadens with the number of the harmonic and the size
of the modulating noise. High-frequency interharmonic inter-
vals are therefore progressively filled in with increasingly
spread sidebands.

To sum up, the increase of the modulation index with the
harmonic number explains the increasing size and spread of
the sidebands and the decreasing size of the harmonic par-
tials. This is a property of the frequency modulation, which
boosts the noise via the harmonic number. It is not a property
of the modulating noiseper se. Modulation index~12! in-
deed predicts that high-frequency partials of the modulating
noise contribute less to the sidebands of the modulated har-
monics than low-frequency partials. Examples of perturba-
tions that are characterized by low-frequency partials are
nonflat intonation, declination, and tremor.
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D. Filtered added-noise excitation

Filtering by the vocal tract transfer function is a linear
operation. Therefore, the spectrum of the filtered output~16!
is equal to the sum of the spectra of the filtered noise and
filtered clean excitation~15!.

E. Filtered amplitude-modulation noise

Predictably, the effect of the filtering is to change the
size of the sidebands and harmonics. A distinction must be
made, however, between equal and unequal changes of
matching sidebands that are symmetrically positioned to the
left and right of the modulated harmonics. Hereafter, the re-
sultant creation of a phase modulation is examined.

Modulation distortion is the result of the unequal filter-
ing of matching sidebands. In filtered signal~19! the effects
of the filtering are evidenced by the ratio of the amplitudes of
matching filtered sidebands and by the phase shift of the
sidebands. The sidebands are phase modulated when the rate
of the phase shift varies in time. Relations~20! show that this
happens when the amplitudes of the filtered matching side-
bands are unequal.

The phase modulation remains weak, however, as long
as the filtered matching sideband amplitudes are not too dif-
ferent. This is the case when the sidebands cluster tightly
around the harmonics or when the slope of the vocal tract
transfer function is shallow. Then, the phase modulation is
spectrally similar to an amplitude modulation.

Even if the phase modulation was not small, the spectral
effects of the phase modulation would still be expected to be
small because the phase modulation involves the sidebands
only, which are small and because the modulation does not
involve the harmonic number.

F. Filtered frequency-modulated excitation

Predictably, filtering changes the sizes of the sidebands
and harmonics. Again, a distinction must be made between
equal and unequal changes of matching sidebands. Filter out-
put ~22! shows that the vocal tract transfer function changes
the amplitudes of matching sidebands unequally.

The frequency modulation therefore causes amplitude
modulation. The modulation distortion may be intuitively un-
derstood in the framework of approximate expression~23!.
This expression suggests that the amplitude modulation ow-
ing to filtering is proportional to the steepness of the slope of
the vocal tract transfer function, the amplitudes of the modu-
lating noise partials, and the harmonic number.

G. Amplitude modulation noise owing to supraglottal
tremor

When a vocal tract filter that is modulated owing to
tremor filters the clean excitation, the filter output~26! is
amplitude modulated. The conditions are that the modulation
depth of the formant frequencies is weak and the modulating
rate small compared to the phonatory frequency.

The amplitude modulation owing to supraglottal tremor
is proportional to the size of the harmonics, the size and rate

of the tremor, as well as the vocal tract transfer function and
the steepness of its slope, but does not involve the harmonic
number.

IV. DISCUSSION

A. Former studies

Additive noise model~5!, amplitude-modulation noise
model ~9!, and frequency-modulation noise model~14! ex-
plain the simulation data that have been published by Kling-
holz and Martin ~1985!, Hillenbrand ~1987!, Muta et al.
~1988!, and Murphy~2000!. Hereafter, the model-predicted
consequences are discussed for the analysis of disordered or
nonmodal voices, taking into account that perturbations ow-
ing to several noise sources coexist in natural data and that
the perturbations of speech and excitation signals are quali-
tatively different.

B. Analysis bandwidth

Fourier sum~14! shows that the prominence of the side-
bands owing to frequency modulation depends on the band-
width of the clean signal via the harmonic number, which is
contained in the modulation index. The cue values for spec-
tral noise therefore depend on the bandwidths of the ana-
lyzed speech signals, because noise cues are based on the
relative prominence of the sidebands. Consequently, noise
cues can only be compared meaningfully for different speech
signals when the analysis bandwidths are the same.

C. Analysis window length

The values of cues for spectral noise are also expected to
depend on the analysis window length. The explanation for
the link between modulation noise and window length is the
dependency of the modulation index on the frequencies of
the noise partials.

Indeed, nonflat intonation, phonatory frequency declina-
tion or drift are common in naive normophonic and dyspho-
nic speakers who sustain vowels. For increasing window
lengths any slow variation of the phonatory frequency is ex-
pected to create increasingly larger low-frequency partials in
the spectrum of the modulating noise. Modulation index~12!
shows that low-frequency partials contribute more than high-
frequency partials. This means that the modulation index in-
creases with the analysis window length, owing to the inabil-
ity of speakers to sustain speech sounds whose phonatory
frequency contours are flat. But, for reasons that are ex-
plained later, modulation noise due to nonflat intonation can-
not be distinguished from modulation noise due to genuine
jitter and tremor. This suggests that data concerning spectral
noise cues can only be compared meaningfully for different
speech signals when the cues are obtained on analysis inter-
vals of the same length.

D. Frequency modulation

In the case of frequency modulation, the prominence of
the sidebands and the deemphasis of the harmonics depend
on the modulation index. The modulation index evolves pro-
portionally to the harmonic number, which therefore ampli-
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fies the effects of the modulating noise. This amplification is
typical of frequency-modulation noise and is not a property
of amplitude-modulation, phase-modulation, or additive
noise. This means that when different types of noise coexist
that are of the same order, the spectral effects of frequency-
modulating noise exceed the spectral effects of the other
types of noise beyond a critical harmonic number. This pre-
diction agrees with what can be observed in any speech spec-
trum or spectrogram whenever the spectral analysis window
is longer than a few speech cycles.

Also, the cutback of the amplitudes of the harmonics
due to frequency modulation biases the ratios of the har-
monic amplitudes, which have been used as cues of the spec-
tral tilt of the phonatory excitation and of the abduction quo-
tient of the vocal folds. The rule is: the greater the distance
between the harmonics the greater the bias.

E. Modulation distortion

It is unlikely that the amplitude perturbation of the pho-
natory excitation signal can be inferred from the amplitude
perturbation of the speech signal. The reasons are the follow-
ing, in increasing order of importance.

First, amplitude modulation of the phonatory excitation
is converted by vocal tract filtering into amplitude modula-
tion of the speech signal and phase modulation of the side-
bands of the speech signal. Because the phase modulation is
weak, it is spectrally similar to an extraneous speech cycle
amplitude modulation.

Second, physiological tremor of the articulators causes
tremor of the vocal tract area function and therefore a fre-
quency modulation of the resonance frequencies and band-
widths. Transfer function~24! and filter output~26! suggest
that resonance frequency tremor causes speech cycle ampli-
tude and phase tremor. When the physiological tremor depth
and rate are weak, the phase modulation is spectrally similar
to an extraneous speech cycle amplitude tremor.

Third, approximate relation~24! suggests that frequency
modulation of the phonatory excitation causes amplitude
modulation of the speech signal, owing to modulation distor-
tion via the vocal tract transfer function. The size of the
extraneous amplitude modulation depends on the amplitude
of the harmonics, the amplitude of the noise partials, the
steepness of the slope of the vocal tract transfer function, and
the harmonic number.

The second and third mechanisms cause speech cycle
amplitude perturbations that are extraneous. In speech spec-
tra, the effects owing to modulation distortion are expected
to exceed the effects of other extrinsic or intrinsic amplitude
modulation mechanisms. The reason is the amplification via
the harmonic number of the filtering-induced amplitude-
modulation noise. The conclusions are that perturbations of
the speech cycle amplitude are epiphenomenal and that they
are caused by the frequency perturbation of the phonatory
excitation. Michaeliset al. ~1998! have confirmed these con-
clusions by simulations. The conclusions also agree with the
observations that phonatory shimmy is roughly ten times
smaller than speech shimmy~Horii, 1982!, and that speech
cycle amplitude modulation owing to artificial tremor of the

chest and neck exceed the speech cycle amplitude modula-
tion owing to artificial tremor of the cheek~Jiang et al.,
2000!.

The conclusions are different concerning perturbations
of the speech cycle lengths. Generally speaking, perturba-
tions of the speech cycle lengths agree with the perturbations
of the phonatory cycle lengths~Michaeliset al., 1998!. The
explanation appears to be the lack of an extraneous fre-
quency modulation and the weakness of the extraneous
phase modulations due to the vocal tract. The relevant
mechanisms are those that are labeled first and second in the
paragraphs above.

Modeling results therefore appear to confirm the co-
gency of the common practice that identifies the speech cycle
lengths with the excitation cycle lengths. The results also
agree with what has been found by simulation, as well as by
experiments in which cycle lengths obtained via the speech
signal have been compared to cycle lengths obtained via the
electroglottogram~De Guchteneere, 1996; Michaeliset al.,
1998!.

F. Invertibility

The question whether the perturbations of the phonatory
cycle amplitudes can be inferred from the perturbations of
the speech cycle amplitudes has been answered negatively.
The same question regarding the perturbations of the cycle
lengths has been answered positively. The question whether
the spectral properties of the perturbationsper se can be
inferred from the spectral properties of the phonatory excita-
tion is examined next. The discussion concentrates on fre-
quency modulation noise, disregarding amplitude-
modulation noise, additive noise, and filtering.

Frequency-modulated signal~14! shows that the magni-
tudes of its sidebands depend on the modulation index via a
product of Bessel functions. Each modulation index involves
the harmonic number, as well as the amplitude and frequency
of a partial. Each noise partial theoretically involves infi-
nitely many side partials that overlap. Because of the overlap
and the product of Bessel functions, the mathematical rela-
tion between the noise partials and the sidebands cannot be
inverted, and the spectral properties of the modulating noise
cannot be inferred from the spectral properties of the modu-
lation noise.

G. Vocal fold dynamics

The assumptions underlying the models that have been
developed are that the clean excitation is monocycle peri-
odic. The modulating and additive noise are therefore under-
stood as external perturbations of the cycle amplitude, cycle
shape, cycle phase, or cycle length of the phonatory excita-
tion.

Other dynamic regimes are possible, however. That is,
the phonatory excitation signal may be multicycle periodic,
quasiperiodic, or random. These qualitatively different exci-
tation signals are due to qualitatively different vibratory re-
gimes of the vocal folds, and they are therefore not the con-
sequence of external perturbations. Mathematically speaking,
some forms of multicycle periodicity or randomness of the
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phonatory excitation signal can, however, be mimicked by
macroperturbations of the constant frequency of a clean
monocyclic phonatory signal. Consequently, the spectral ef-
fects of some phonatory regimes that are not monocycle pe-
riodic may be qualitatively similar to the spectral effects that
have been discussed above. However, because the mimicked
perturbations are large, the corresponding spectral effects are
also large compared to the spectral effects of genuine exter-
nal microperturbations. Some of the approximations that
have been made above and which are based on the assump-
tion that microperturbations are small, may therefore not be
valid for clean excitation signals that are not monocycle pe-
riodic.

V. CONCLUSION

The general conclusion is that only noise arising from
the modulation of the phonatory frequency seems to be spec-
trally relevant. Other types of noise in speech, e.g., ampli-
tude modulation noise, phase modulation noise, and additive
noise, appear to be either masked by the spectral effects of
the frequency modulation noise, or epiphenomenal. The
models explain real and simulated data and predict the fol-
lowing spectral or temporal properties for additive and
modulation noise in speech.

~a! The spectral noise of the speech signal is dominated by
the modulation noise due to perturbations of the pho-
natory frequency.

~b! The spectral properties of the frequency-modulating
noise cannot be inferred from the spectral properties of
the frequency-modulation noise.

~c! Tremor of the articulators causes frequency modulation
of the formant frequencies and bandwidths, which
causes an amplitude modulation of the speech signal.

~d! The intrinsic amplitude perturbations of the phonatory
excitation are masked by amplitude perturbations due
to modulation distortion and supraglottal tremor.

~e! The phonatory cycle-length perturbations agree with
the speech cycle-length perturbations.

~f! Values for spectral noise cues may only be compared
for speech signals that have the same bandwidth and
that are analyzed over analysis intervals that have the
same length.
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We present the results of a large-scale study on speech perception, assessing the number and type
of perceptual hypotheses which listeners entertain about possible phoneme sequences in their
language. Dutch listeners were asked to identify gated fragments of all 1179 diphones of Dutch,
providing a total of 488 520 phoneme categorizations. The results manifest orderly uptake of
acoustic information in the signal. Differences across phonemes in the rate at which fully correct
recognition was achieved arose as a result of whether or not potential confusions could occur with
other phonemes of the language~long with short vowels, affricates with their initial components,
etc.!. These data can be used to improve models of how acoustic-phonetic information is mapped
onto the mental lexicon during speech comprehension. ©2003 Acoustical Society of America.
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I. INTRODUCTION

We describe a database of phonetic perception in Dutch,
in which 18 listeners judged the first and the second pho-
neme in gated fragments of all possible Dutch diphones, pro-
viding 27 140 identification responses per listener. This data-
base constitutes the largest source of data that is currently
available on phonetic perception in Dutch or any other lan-
guage.

We undertook the project with the aim of motivating a
more realistic and fine-grained representation of speech input
in computational models of human spoken-language process-
ing such as TRACE~McClelland and Elman, 1986! and
Shortlist~Norris, 1994!. To this end we wished to determine
the accuracy with which human listeners can evaluate acous-
tic information as speech input unfolds over time, and to
compile this information for the entire phoneme inventory of
a language, in all potential left and right phonetic contexts.
Although phoneme confusion matrices have in the past been
obtained from speech in noise~e.g., Miller and Nicely, 1955!
as well as from gated signals~e.g., Smits, 2000!, we chose
the latter method for two reasons. First, we were primarily
concerned to examine the detailed temporal resolution of
speech perception, and gating easily permits any desired
temporal resolution. Second, our interest is in speech percep-
tion under general listening conditions. Adding noise to a
speech signal creates difficult listening conditions, and more-
over differentially affects speech sound categories such as
consonants versus vowels.

Our choice of gating does not imply any claim that this
task directly reflects online activation of phonemes in speech
perception. It is clear that to perform the task, listeners en-
gage a decision process which presumably has no part in
normal speech perception~Grosjean, 1996!. This decision
mechanism will use additional processing time and may in-
corporate additional information~e.g., phoneme transition
statistics! not present in the acoustic stimulus. We believe,
however, that gating offers the currently best available win-
dow into listeners’ resolution of ambiguity as speech signals
unfold.

Our materials consisted of a total of 2294 sequences
~1179 diphone sequences, of which most were recorded in
multiple stress conditions to enable us also to assess effects
of stress on acoustic information in phoneme realizations!.
Each listener heard six gates of each sequence, based on six
gating points, three in each sound of the diphone. The short-
est gate included only the first third of the first sound; each
subsequent gate included another sixth of the entire diphone.
The entire stimulus set~all gates from all diphone sequences!
was presented to each listener in a different pseudo-random
order.

II. METHOD

A. Materials

1. Choice of diphones

We first compiled a list of all possible diphones of the
Dutch language. For this purpose, we considered the phone-
mic inventory of Dutch to be as in Tables I and II.a!Electronic mail: roel.smits@mpi.nl
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Decisions as to what constitutes a single phoneme ver-
sus a sequence of two phonemes were based on CELEX, an
electronic database containing lexical data for English,
Dutch, and German~Baayenet al., 1993!. We did not, how-
ever, include all phonemes and diphones in CELEX~see Ap-
pendix A for explanation of exceptions!. We constructed a
list of diphones consisting of all possible combinations of
any two of these phonemes. Appendix B lists the selection
rules we applied. Appendix C lists the 2294 diphones in-
cluded in the experiment, and reasons for exclusion of miss-
ing diphones.

2. Recording

Each diphone in Appendix C was placed in a nonsense
environment which, with the diphone, formed a phonotacti-
cally legal sequence in Dutch. CV and VC diphones were
recorded with both stressed and unstressed vowels; VV di-
phones were recorded with all four possible stress combina-
tions. Table III lists the environments in which the various
diphones were recorded.

The nonsense environment always included at least one
phoneme after the target diphone, so that the diphone would
not be final to the item. This prevented excessive lengthening
within the diphone, as would for example apply to the vowel
in a CV diphone recorded in isolation. Stressed CV diphones
were always followed by the unstressed syllable /%./,
whereas unstressed CV diphones were always followed by
stressed /%|/. VCs always straddled a syllable boundary, with
one of the syllables stressed and the other unstressed. If un-
stressed, the final syllable was C., if stressed it was Ce. If
CC was a legal onset, it formed the onset of the syllable
CCa. Otherwise it straddled a syllable boundary, with the
first syllable aC stressed and the second C. unstressed. VV

diphones always straddled a syllable boundary. Depending
on the stress pattern, the contexts /"/ or /~"/ were prefixed,
and the contexts /%/, /%./, or /%|/ were suffixed, to make the
sequences easier to produce with correct stress.

All items ~diphones in their environments! were tran-
scribed phonemically, with stress and syllable boundaries
marked. A phonetically trained female native speaker of
Dutch, whose pronunciation exhibits no strong regional ac-
cent, read all of the items from this transcription. The record-
ing was made on DAT in a sound-treated recording booth
using high-quality equipment. Any items which were ini-
tially mispronounced were rerecorded. The recording was
low-pass filtered at 7.5 kHz and resampled at 16 kHz.

3. Stimuli for the perception experiment

Past gating studies have employed two methods for di-
viding the signal. First, gates can be positioned at fixed time
intervals@e.g., 20 ms, as in Smits~2000!#, leading to a vari-
able number of gates per diphone. Alternatively, gates can be
positioned ‘‘proportionally,’’ i.e., using a constant number of
gates per phoneme~e.g., Cutler and Otake, 1999!, leading to
a variable gate duration. We chose proportional gating for
two reasons. First, the number of stimuli for our experiment
would become unrealistically large if we were to use fixed
intervals while at the same time making several gates
available for even the shortest diphone. Second, as described
above, the ultimate aim of the study was to provide data on
which to base computational modeling of the arrival of
phonetic information over time; proportional gating provides
data which is relatively straightforward to use in
this way.

Beginnings and ends of all phonemes were identified
manually using the criteria in Appendix D. Each item was

TABLE I. The 16 Dutch vowels used in the experiment.a

Front unrounded Front rounded Central Back

Diphthong Long Short Diphthong Long Short Diphthong Long Short

High { Ñ É

Mid | (, } ! + . Ç Å

Low ~ Ä

}{ !Ñ ÄÉ

aCompared to Booij~1995!, we have simplified the vowel system slightly by combining upper and lower mid
vowels into a single height.

TABLE II. The 22 Dutch consonants used in the experiment.

Labial/
Labiodental Alveolar

Postalveolar/
Palatal

Velar/
Uvular Glottal

Voiceless Voiced Voiceless Voiced Voiceless Voiced Voiceless Voiced Voiceless Voiced

Stops ! " # $ % +

Nasals & ' G

Fricatives ) 3 2 6 b c ka *

Affricate $c

Liquids ( .b

Glides 4c -

aThis fricative is /p/, but for ease of transcription we will use /k/.
bThis liquid is /V/, but for ease of transcription we will use /./.
cThis glide is /v/, but for ease of transcription, we will use /4/.
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final-gated at six points during the target diphone, three in
each of the target phonemes~with exceptions for initial stops
and affricates, see below!, to create stimuli consisting of the
entire item up to the gating point, including any preceding
context.

For phonemes which lack abrupt acoustic changes dur-
ing the segment, such as nasals, fricatives, and vowels in
most environments, gate end points were placed automati-
cally at one-third and two-thirds through the duration of the
segment as well as at the end of the segment. For segments
with abrupt acoustic changes within the segment, such as
stops and affricates, gate end points were determined relative
to those abrupt changes. Any preceding environment was
always included in the stimuli, but following environment
was never included.

With gating it is most important to avoid introducing
extraneous acoustic cues in the gated segments. Pols and
Schouten~1978!, among others, showed that careless trunca-
tion of speech signals may bias listeners towards labial and
or plosive responses. They also showed, however, that such
biases can be minimized by applying smoothing windows
and replacing the missing speech by another signal such as
noise. At gate end points, items were therefore ramped down
to zero using a linear 5-ms ramp. In order to further avoid
noise-introduced fricative biases, we used as a replacement
signal a 500-Hz square wave, which is not misperceived as a
speech sound~Warner, 1998!. The square wave had a dura-
tion of 300 ms, with the same 5-ms ramp applied at onset
and offset, and was overlap-added to the end of the item such
that the start of the item’s falling ramp coincided with the
start of the square wave’s rising ramp. The amplitude of the
square wave was fixed across stimuli. The rms amplitude of
a 50-ms portion of the square wave was 22 dB lower than the
rms amplitude of the loudest 50-ms portion across all
stimuli.

Mean phoneme duration across all utterances was 138
ms, with a standard deviation of 64 ms. Mean duration of a
signal portion between two consecutive gate points was 48

ms, with a standard deviation of 23 ms. The total number of
stimuli was 13 570.

B. Subjects and procedures

Twenty-two listeners participated in the experiment, and
19 completed it. All were native speakers of Dutch who had
grown up in the Netherlands, and had no known hearing
impairment; most were students at the University of
Nijmegen. Subjects were paid for each hour of participation,
with a bonus on finishing the experiment. Data from the
three subjects who did not finish the entire experiment were
excluded.

The task involved identifying the two phonemes of the
target diphone. Subjects were tested individually in a sound-
treated booth. Stimuli were presented over closed head-
phones. As each stimulus was played, a response screen ap-
peared on a computer screen visible through the booth
window. The response screen showed two panels, each con-
taining buttons for each phoneme used in the experiment.
Subjects used a computer mouse to click on one button of the
left-hand panel for the first sound of the diphone, and one of
the right-hand panel for the second sound. If the stimulus
included preceding context~/~/, /Ä/, /"/, or /~"/!, the letters
‘‘aa,’’ ‘‘a,’’ ‘‘b,’’ or ‘‘aab,’’ respectively, appeared on the
screen to the left of the left-hand response panel to inform
subjects that those sounds were not the ones to which they
should respond. The response buttons for these phonemes
were also crossed out in the left response panel to remind
subjects not to respond to the preceding environment.

Before beginning the experiment, subjects were trained
on the set of symbols to use for responses. Since Dutch or-
thography is straightforward, most phonemes could be rep-
resented orthographically~with double vowels used for long
vowels and single vowels used for short vowels!; special
symbols were necessary only for /./ ~‘‘@’’ ! and /+/ ~‘‘G’’ !.
Examples of each phoneme were provided, and special atten-
tion was called to phonemes which appear only in loan
words. Subjects were told that they would hear the beginning
of a nonsense word followed by a beep, and that they should
identify the two sounds of the nonsense word using the
mouse. They were informed about possible additional initial
sounds which they were not to respond to, and warned that
they would sometimes hear very little of the nonsense word,
making it difficult to identify the two sounds. A native Dutch
speaker instructed each subject and checked subjects’ under-
standing of the mapping of response symbols to sounds.

Subjects then completed a practice session, comprising
185 stimuli drawn from the actual experiment. Diphones
containing potentially problematic phonemes, such as /., G/
and phonemes occurring only in loan words, were well rep-
resented in the practice session. The experimenter evaluated
subjects’ performance on stimuli which included these
sounds or a vowel in their entirety to ensure that subjects
could perform the task. No subjects were excluded at this
stage, since none had difficulty with the task.

Subsequently, subjects completed a series of one-hour
experimental sessions, with a break during each session.
Subjects returned for as many sessions as needed to respond
to all 13 570 stimuli, an average of 27.9 sessions. The total

TABLE III. Environments in which diphones were recorded~in phonemic
transcription!. Syllable boundaries are marked by hyphens.

Diphone class Environment
Proportion with each

environment

CV ~stressed! nCV-%. 2/3
~-nCV-%.a 1/3

CV ~unstressed! CV-n%| 2/3
n~-CV-%| 1/3

VC ~vowel stressed! nV-C. 1/2
n"V-C. 1/2

VC ~vowel unstressed! V-nC| 1/2
"V-nC| 1/2

CC nCCa if CC is a legal onset
n~C-C. otherwise

VV ~stressed–unstressed! n"V-V% all
VV ~unstressed–stressed! "V-nV% all
VV ~stressed–stressed! n"V-nV-%. all
VV ~unstressed–unstressed! n~-"V-V- n%| all

aFor all diphones beginning with /G/, /Ä/ was used as the preceding vowel
instead of /~/ because /G/ cannot follow long vowels.
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set of stimuli was divided into four blocks. For each subject
a different pseudo-random order of stimuli within blocks was
generated and different subjects received the blocks in a dif-
ferent order. Two gates of the same diphone were separated
by at least six stimuli, stimuli from diphones beginning with
the same phoneme were separated by at least four stimuli,
and no stimuli which appeared in the practice session or
other gates of those diphones occurred within the first 1200
experimental stimuli. In total 488 520 phoneme categoriza-
tions were collected.

III. RESULTS

A. Summary results

One subject performed much worse than the others in
correctly recognizing the first phoneme at gates 1–3. For
these gates this subject’s recognition rates were more than
four standard deviations below the mean recognition rates
for all other subjects. The data of this subject were therefore
excluded. Figure 1 shows average phoneme recognition rates
~panel a! and percentages transmitted information~TI, panel
b! as a function of gate, pooled across the remaining 18
subjects, for consonants, vowels, and all phonemes. TI is a
measure of the covariance between input and output when
both have a categorical nature~e.g., Miller and Nicely, 1955;
Smits, 2000!.

At gate 1, that is, one-third into the first phoneme of the
diphone, the first phoneme~top line! was recognized at al-
most 60% correct, while TI reaches almost 70%. With in-
creasing gates, levels rose smoothly to about 90% at gate 4
and hardly changed thereafter. The recognition rate for the
second phoneme~bottom line! started close to chance level
~2.6% correct, or 0% TI! at gate 1 and rose smoothly to
almost 90% at gate 6. One-tailedt-tests showed that at all
gates average recognition rates for both phonemes were sig-
nificantly above chance level as well as below perfect per-
formance~all p’s,0.0005). In these as well as all subse-
quent tests, subject was the random variable, and the
Bonferroni criterion was applied in calculating the signifi-
cance levels~above, 24 comparisons were made, so the sig-
nificance level wasa50.002).

Recognition rates for gates 4–6 of the second phoneme
were quite similar to those for gates 1–3 of the first pho-
neme. The longer preceding context for the second phoneme
therefore did not affect recognition much compared to the
first phoneme. The recognition curves for vowels and conso-
nants are very similar. In first position, TI is somewhat lower
for consonants than for vowels~about 10% for gates 1 and

FIG. 1. Correct phoneme recognition rates~a! and percentages transmitted
information ~b! as a function of gate, averaged across listeners. Results for
vowels only, consonants only, and all phonemes are given by separate lines.
The upper and lower lines are associated with the first and second phoneme
in the diphone, respectively. The dotted line in~a! indicates chance level
~2.63%!.

FIG. 2. Correct consonant recognition
rates plotted separately for each of the
22 consonants. Phoneme symbols are
in accordance with IPA, except for J,
S, Z, and N, indicating /$c b c G/, re-
spectively. The upper and lower lines
are associated with the first and second
phoneme in the diphone, respectively.
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2!, but in second position this difference disappears.
Figure 2 shows correct recognition rates by gate sepa-

rately for the 22 consonants, grouped by manner and voicing,
while Fig. 3 presents those for the 16 vowels, grouped partly
according to vowel features and partly according to similari-
ties of the individual curves. Tables IV and V present confu-
sion matrices for consonants and vowels, respectively,
summed across listeners, contexts, and stress conditions, in
responses to gate 1 for the first phoneme and to gate 4 for the
second phoneme.

B. Consonants

~1! Voiceless stops/! # %/ @Fig. 2~a!#: As shown in Table
III, some diphones were recorded with preceding context and
some without. For those without preceding context, gates 1
and 2 were not presented because they contained only si-
lence. Gates 1 and 2 in Fig. 2~a! therefore represent only
responses to gated diphones with preceding context—that is,
the vowel /~/ with formant transitions plus respectively half
or all of the following stop closure. Subjects could recognize

TABLE IV. Confusion matrix for consonants. Responses were summed across subjects, contexts, and stress conditions. For each stimulus, the first row gives
responses to gate 1 for consonants in initial position in the diphone, whereas the second row gives responses to gate 4 for consonants in second position. The
last column gives the number of vowel responses to each of the consonants.

Stimulus

Response

! # % " $ + $c ) 2 b k 3 6 c * . ( 4 - & ' G Vowel

! 325 6 3 62 0 0 0 0 0 0 0 0 0 0 22 0 0 4 0 9 0 0 19
331 8 34 187 13 16 0 11 0 0 0 11 0 0 58 2 10 43 15 15 13 5 20

# 33 235 4 13 81 1 0 3 0 0 0 5 0 0 25 1 3 15 2 0 0 0 11
28 258 7 12 340 2 9 2 1 1 1 10 0 0 35 3 5 11 13 6 26 3 19

% 0 0 340 0 0 66 0 0 0 0 3 0 1 0 23 0 1 2 3 0 1 1 9
26 18 399 11 7 120 1 8 1 0 2 6 0 0 77 6 9 28 13 3 5 5 47

" 77 0 2 275 9 1 0 3 0 0 0 11 1 0 95 2 0 25 1 76 20 0 14
18 2 0 566 32 18 0 2 0 0 0 10 2 0 11 2 3 98 4 92 10 4 8

$ 11 29 0 89 116 2 9 6 1 0 0 11 0 0 99 1 9 67 8 48 37 5 10
6 5 3 45 571 2 1 1 0 0 3 3 0 0 25 0 40 61 8 6 71 3 28

+ 5 0 60 99 19 123 0 1 0 0 6 10 0 0 92 2 4 39 2 58 36 11 9
6 1 75 82 33 394 4 4 0 1 22 9 1 1 30 4 8 88 22 8 16 11 62

$c 8 46 1 95 35 2 49 5 0 0 0 16 0 0 113 2 2 49 21 70 51 6 5
9 12 1 10 457 2 148 0 0 0 0 2 4 2 17 3 8 8 94 1 47 3 18

) 4 0 0 0 1 0 0 646 1 0 9 172 0 0 43 3 0 6 0 2 0 0 13
3 0 1 0 1 0 0 565 0 0 12 179 0 0 9 0 1 17 3 0 0 0 1

2 6 2 0 0 0 1 0 1 670 46 0 0 141 3 27 2 0 0 0 1 0 0 0
3 6 0 1 1 0 0 0 601 26 0 0 107 14 2 2 1 2 1 4 1 0 2

b 4 0 0 0 0 3 2 1 91 590 1 0 17 139 18 0 0 0 26 1 0 0 7
2 5 1 1 0 1 19 2 112 522 2 2 15 66 5 0 0 2 10 2 1 0 4

k 2 1 2 1 0 0 0 6 0 0 784 1 1 0 52 54 0 1 1 2 0 0 10
0 0 1 0 0 1 0 3 0 1 709 2 0 0 47 19 0 1 1 0 1 0 6

3 3 2 0 1 1 0 0 126 0 0 0 385 0 0 66 3 0 114 2 4 0 0 13
1 0 0 0 1 0 0 116 1 0 3 445 2 0 8 4 1 84 9 0 2 0 7

6 5 2 0 2 2 0 5 0 67 23 0 0 452 96 32 3 16 0 7 1 0 0 7
2 2 0 1 5 0 7 1 106 20 0 1 394 90 12 0 7 5 16 5 1 0 27

c 3 2 0 0 5 4 9 0 17 86 0 0 44 330 31 2 3 0 28 1 2 0 9
0 3 0 0 3 2 32 0 27 115 1 1 136 428 6 1 1 1 57 2 2 0 46

* 10 1 1 9 1 0 0 25 1 1 16 20 0 0 386 2 6 29 16 5 6 0 5
2 0 1 2 1 0 0 10 0 1 6 2 0 0 683 3 7 21 12 0 2 0 57

. 1 0 9 1 1 3 0 1 2 0 5 4 0 0 174 628 12 18 5 10 10 3 31
0 1 0 0 0 0 0 0 1 1 0 4 0 0 16 691 5 6 1 0 1 0 119

( 5 1 4 2 0 0 0 1 0 0 1 1 0 0 67 0 758 10 21 5 3 0 39
0 0 0 0 1 0 0 0 0 0 1 3 0 0 5 6 759 11 5 1 5 2 29

4 17 0 1 32 3 1 0 0 1 0 0 17 0 0 107 5 20 549 3 101 31 1 29
2 5 1 3 6 1 0 10 3 0 1 65 1 0 46 22 19 534 15 6 6 2 98

- 0 1 1 3 1 0 0 1 4 0 1 3 5 0 84 0 12 4 683 5 4 3 103
4 2 2 4 0 0 0 0 3 0 0 0 0 0 20 3 8 15 591 1 3 0 172

& 5 0 0 3 0 0 0 0 0 0 0 2 0 0 120 1 11 30 11 599 113 2 21
0 0 0 1 0 0 0 1 0 0 0 4 0 0 13 2 11 67 1 609 103 20 14

' 4 0 2 3 2 0 0 0 0 0 0 5 0 0 108 2 9 17 15 140 579 11 21
1 0 0 2 3 0 0 2 1 0 1 3 4 0 10 1 25 41 4 88 648 7 23

G 0 1 2 0 0 1 0 0 0 0 1 1 0 0 18 6 3 2 5 0 28 810 58
0 0 1 0 0 0 0 0 0 0 0 0 0 0 8 1 1 2 1 1 13 166 4
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the stops well from these portions, with recognition rates
between 50% and 80%. Note that Dutch voiceless stops are
produced without aspiration, while voiced stops are usually
produced with negative VOT~voice bar!. Recognition of /#/
was somewhat poorer than of /!/ and /%/. This is supported
by t-tests~all comparisons between /#/ and /!/ or /#/ and /%/ at
gates 1 and 2 reached significance,a50.01). The difference
was mainly caused by more place and voicing errors for /#/
than for /!/ and /%/ ~see Table IV!. Gate 3 included the re-
lease burst, which strongly improved recognition.

Recognition of voiceless stops in second position in the
diphone at gates 4 and 5 was considerably worse than rec-
ognition of the first phoneme at gates 1 and 2 (p,0.005 for
all six comparisons,a50.008). The raw data show that, on
average, /~/ as preceding context led to better recognition of
the following stop than other preceding contexts. This agrees
with reports of Dormanet al. ~1977! and Smitset al. ~1996!
that formant transitions in /~/ are more informative about
place of articulation of an adjacent consonant than transitions
in other vowels. At gate 6, when the stop burst is audible,
recognition levels exceeded 90%.

~2! Voiced stops/" $ +/ and the voiced affricate/$c/
@Fig. 2~b!#: Gates 1 and 2 included half or all of the voice
bar, while the third gate included the release burst. In first
position, recognition of voiced stops was poorer than for
voiceless stops~only 1 out of 18 comparisons did not reach
significance,a50.0025). /"/ fared better than /$/ and /+/ for
gates 1 and 2 (p,0.001 for all four comparisons,a50.01),
reconfirming the findings of, among others, Pols and
Schouten~1978! and Smits~2000! that an isolated voice bar
sounds more like a /"/ than a /$/ or /+/. For later gates, place
and voicing confusions were the main source of errors~see
Table IV!. Voiced stops were more often confused with their
voiceless counterparts than vice versa. Especially /"/ was
classified relatively frequently as /!/ up to gate 6. The voiced
affricate /$c/ was not recognized reliably until its final gate,
when burst and frication become audible. At earlier gates
/$c/ was mainly confused with /-/ and /$/.

~3! Voiceless fricatives/) 2 b k/ @Fig. 2~c!#: For all frica-
tives, the three gates comprise one-third, two-thirds and all
of the frication noise, respectively. At gate 1 of the first pho-
neme recognition was already good, with levels between

TABLE V. Confusion matrix for vowels. Responses were summed across subjects, contexts, and stress conditions. For each stimulus, the first row gives
responses to gate 1 for vowels in initial position in the diphone, whereas the second row gives responses to gate 4 for vowels in second position. The last
column gives the number of consonant responses to each of the vowels.

Stimulus

Response

Ä } ( Å + . { É Ñ | Ç ! ~ }{ !Ñ ÄÉ Consonant

Ä 640 0 0 4 1 9 0 0 0 0 0 0 26 0 1 11 28
1275 5 1 27 7 13 0 1 0 0 1 0 131 3 29 45 10

} 0 642 3 0 0 22 0 0 0 1 0 0 0 29 0 0 23
42 1165 64 2 5 21 2 0 3 15 0 4 37 159 4 0 25

( 2 1 611 0 1 6 32 0 0 30 0 0 0 0 0 0 37
5 81 1125 2 25 18 90 1 17 127 0 6 4 4 0 0 43

Å 3 0 0 634 2 5 0 2 0 0 28 0 0 0 0 0 46
92 1 2 1291 6 14 1 5 3 0 81 4 1 0 0 1 46

+ 0 1 6 1 450 144 0 0 20 1 0 59 0 0 0 0 38
18 9 5 59 793 404 1 3 36 3 10 119 3 0 9 1 75

. 10 5 20 8 439 259 4 5 51 4 0 46 12 1 4 0 86
7 4 21 23 367 205 0 3 21 1 2 53 3 0 1 2 43

{ 0 0 34 0 0 13 1671 0 5 2 0 0 2 0 0 0 145
0 0 163 2 7 13 1260 1 12 3 0 5 1 1 0 0 80

É 0 0 1 18 4 29 0 1732 2 0 2 1 0 0 1 0 82
0 1 3 47 21 21 1 1307 32 0 4 2 0 0 1 2 106

Ñ 0 0 0 1 59 56 4 4 1588 0 0 4 0 0 0 0 156
0 0 11 8 104 60 29 115 1048 0 1 8 0 0 4 2 158

| 0 30 1301 0 6 32 6 0 0 411 0 0 1 2 0 0 83
1 179 989 2 7 11 30 2 0 289 1 2 0 3 1 0 31

Ç 4 2 0 1189 8 47 0 30 1 0 474 0 1 0 0 0 116
23 1 0 1136 14 19 0 7 1 0 289 4 1 0 0 7 46

! 0 9 9 2 1052 400 0 0 5 20 1 290 0 1 2 2 79
13 4 10 18 814 373 8 5 28 7 4 191 0 0 0 1 72

~ 426 23 2 0 0 66 1 1 1 0 0 0 1211 45 10 1 85
431 90 2 0 8 7 3 0 1 0 1 1 841 76 51 1 35

}{ 55 828 0 1 0 84 2 1 0 2 0 0 43 815 2 0 39
149 602 4 0 5 19 3 0 1 3 0 2 248 457 18 3 34

!Ñ 412 78 1 0 12 120 0 0 0 0 0 3 417 135 614 4 76
602 48 3 2 24 33 1 0 1 1 0 3 452 34 306 12 26

ÄÉ 1484 1 2 9 3 52 1 0 0 1 0 0 54 0 6 168 91
1307 3 2 33 2 6 0 0 0 0 1 1 59 0 12 105 17
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60% and 90%. Recognition gradually improved with increas-
ing amounts of frication and subsequent context. Remaining
confusions of /) 2 b/ were with their voiced counterparts. In
addition, there was some confusion between /2/ and /b/ ~see
Table IV!. The voiceless velar fricative /k/ was recognized
very well at all gates. Note that /k/ has no voiced counterpart
in most regional variants of Dutch, including that of our
speaker. Recognition levels for gates 4–6 of the second pho-
neme resembled those for gates 1–3 for the first. Note the
marked jump in recognition between gates 3 and 4, that is,
when some frication noise became audible.

~4! Voiced fricatives/3 6 c */ @Fig. 2~d!#: In initial posi-
tion, voiced fricatives were generally recognized as well as
their voiceless counterparts~only 1 out of 18 comparisons
reaches significance,a50.0025). In second position, how-
ever, voiced fricatives were recognized less well than their
voiceless counterparts at gates 4–6 (p,0.0005,
a50.0025). Although the pattern is thus less clear than for
the stop consonants, it has the same cause, namely asymmet-
ric confusions of the voicing feature. Voiced fricatives were
categorized as their voiceless counterparts more often than
the reverse~see Table IV!. This pattern may be related to the
fact that for many regional variants of Dutch, including the
one spoken in Nijmegen~but not the native variant spoken
by the talker!, the voicing distinction in fricatives is weak,
with voiced fricatives being pronounced as their voiceless
counterparts.

The glottal fricative /*/ was recognized better than the
other fricatives~in initial position 11 out of 18 comparisons
reach significance,a50.0025; in second position 17 out of
18 comparisons reach significance,a50.0025). In first po-
sition recognition already exceeded 90% at gate 2. Note that
/*/ has no voiceless counterpart, so if manner and place of
articulation are recognized, there is no room for voicing er-
rors. In second position /*/ was recognized well even at gate
1. This is an artifact of the gating method: some subjects
used a default /*/ response for the second phoneme when
they had no information about that phoneme. As the second
phoneme sometimes actually was /*/, this response bias in-
creased recognition rates for the early gates of /*/ in this
position.

~5! Liquids /. (/ andglides /4 -/ @Fig. 2~e!#: Positioning
of begin and end points for these phonemes varied greatly
depending on context, but the three gate points always di-
vided the phoneme into equal thirds~see Appendix D!. Rec-
ognition in first position was already good at gate 1, with
recognition rates between 60% and 85%. At later gates rec-
ognition further increased to very high levels. In second po-
sition, recognition of the labiodental glide /4/ was signifi-
cantly poorer than of the liquids for gates 3–6 (a50.001);
confusions occurred with the voiced labiodental fricative /3/
and the vowels /+/ and /./ ~N.B. /4/ was hardly ever con-
fused with the vowel /É/!. Recognition of liquids and glides
in second position gradually increased across all six gates.
From gate 4 onwards, however, recognition of the glides was
substantially lower than that of the liquids (a50.002 is
reached for all 12 comparisons!, and asymptoted at levels
close to 80%. /4/ was again mainly confused with /3/ and /-/
was mainly confused with /{/, while the main confusions for

/./ were with /*/ and /Ä/. The confusions for /(/ were rather
scattered and include consonants /$ - * . 4/ and vowels
/{ ( ./.

~6! Nasals /& ' G/ @Fig. 2~f!#: The three gate points
divided the nasal murmur into equal thirds. For nasals in first
position it is striking that /G/ was recognized much better
than /& '/ at gates 1 to 3~all six comparisons reach signifi-
cance,a50.008). This is again an artifact: Because /G/ can-
not occur in syllable-initial position, recognition levels of /G/
in initial position were based on tokens with preceding con-
text /Ä/, which therefore includes formant transitions into the
nasal. In contrast, /&/ and /'/ occurred in initial position in
two-thirds of the tokens, without informative preceding tran-
sitions. For nasals in second position a marked increase in
correct recognition can be seen at gates 3 and 4, which in-
clude the speech signal up to oral closure and one-third into
the murmur, respectively. Table IV shows that at gate 1 in
first position and at gate 4 in second, confusions were mainly
across place, while at later gates the remaining confusions
were across manner and place was recognized reasonably
well. At gates 5 and 6, recognition of /&/ was some 15%
lower than that of /'/ and / G/. The raw data show that /&/
was often confused with /'/ at these gates.

C. Vowels

~1! Short vowels/Ä } ( Å/ @Fig. 3~a!#: At gate 1, recogni-
tion of these vowels in first position was already very good,
with levels close to 90% correct. In second position, recog-
nition jumped to levels between 70% and 85% at gate 4 and
rose further at subsequent gates. When listeners heard one-
third or more of the target vowel, the remaining confusions
were as follows. /Ä/ was mainly confused with /~/, /}/ with
/}{/ and /(/, /(/ with /|/ and /{/, /Å/ with /Ä/ and /Ç/ ~see Table
V!. That is, short vowels were confused with any nearby
long counterpart.

~2! Long vowels/{ É Ñ/ @Fig. 3~b!#: These, like the short
vowels, were recognized well in first position at gate 1. Note
that these vowels do not have short counterparts~Booij,
1995!. When a third or more of the vowels was audible, the
remaining confusions tended to be with similar short vowels:
/{/ was confused with /(/, /É/ with /Å . 4/, and /Ñ/ with /. + É/
~see Table V!.

~3! Short vowels/+/ and /./ @Fig. 3~c!#: Recognition of
/./ was poor, showing little improvement over the six gates
and never exceeding 40% correct. /+/ was recognized better,
but still much worse than the short vowels in Fig. 3~a!. As
shown in Table V, /+/ and /./ more or less form a single
category: responses to both stimuli were very similar, and
listeners seem to have selected at random between the two
responses, with a bias against /./ ~such a bias has also been
encountered by others, Van Son, personal communication!.
We therefore grouped stimuli and responses for these two
vowels together and calculated recognition rates for the com-
pound vowel class. The resulting recognition curves are dis-
played in Fig. 3~c! with the label ‘‘Y/@.’’ In first and second
position, recognition for the new class was significantly bet-
ter than that of /./ at all gates (a50.002). Compared to /+/,
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the new class was better for gates 1, 4, 5, and 6 in second
position only (a50.002). This shows that at gates where at
least a third of the vowel is audible, the majority of confu-
sions were indeed between /+/ and /./. The remaining con-
fusions were mainly with /!/ ~see Table V!.

~4! Long vowels/| Ç !/ @Fig. 3~d!#: In most regional
variants of Dutch, including that of our speaker, these vowels
are slightly diphthongized, ending in articulatory positions
corresponding to /{ É Ñ/, respectively~Booij, 1995!. In first
position, these phonemes were initially not well recognized.
At gate 1, recognition levels were between 15% and 25%,
which is much lower than for other vowels discussed so far.
At gate 1, /|/ and /Ç/ were mainly confused with /(/ and /Å/,
respectively, while /!/ was mainly confused with /+/ and /./
~see Table V!. This is partly supported by Booij’s~1995!
position that the short counterparts of /|/ and /!/ are indeed
/(/ and /+/ ~with /+/ and /./ being highly confusable, as
discussed earlier!, while /Ç/ and /Å/ do not form a long-short
pair because /Ç/ is higher than /Å/. Our data suggest,
however, that, perceptually, the relation between /Å/ and /Ç/ is
very similar to that between /(/ and /|/. At gate 2, recognition
levels were just above 70%, and the full three gates were
necessary for recognition to exceed 90%. The recogni-
tion results for /| Ç !/ in second position are very similar
to those for the first position, shifted by three
gates.

~5! Vowel /~/ @Fig. 3~e!#: This vowel is depicted sepa-
rately because it shows a pattern between that of /{ É Ñ/,
which have no short counterpart, and that of /| Ç !/, which
do. This finding tallies with the description of /~ Ä/ as ‘‘al-
most’’ a long-short pair, with the qualification that both vow-
els are back, but /~/ is somewhat fronted compared to /Ä/
~Booij, 1995!. Another aspect which sets /~/ apart from the
other long vowels is that its recognition asymptoted just be-
low 90%, whereas the others were eventually recognized at
levels close to 100%.

The raw data show that at all gates /~/ was recognized
better when stressed than unstressed. When it was unstressed

/~/ was mainly confused with /Ä/ and to a lesser extent with
/./ and /}{/. The pattern is, however, more subtle. When /~/
was part of a VV diphone~which always has a syllable
boundary in the middle!, and the stress pattern of this di-
phone was either weak–strong or strong–weak, the confu-
sion with /Ä/ was much less than when it was part of an
unstressed CV or VC diphone, or a VV diphone with a
weak–weak stress pattern. We hypothesize that when /~/ is
stressed or it is possible to hear that /~/ is unstressed~by
contrast to the adjacent syllable!, listeners are more likely to
choose the~correct! /~/ response. The data show that the
same general pattern applies to /|/ and /!/, but the effect is
much weaker, possibly due to their slight diphthongization,
which makes confusions with their short counterparts less
likely.

~6! Diphthongs /}{ !Ñ ÄÉ/ @Fig. 3~f!#: The general
picture is similar to that for the diphthongized long vowels
@Fig. 3~d!#, but there is more variability. When only part of
the diphthong was audible, /ÄÉ/ was recognized worse than
the other two diphthongs~in first position both comparisons
reached significance at gate 1 while only /!Ñ/ versus /ÄÉ/
did so at gate 2; in second position all comparisons involving
/ÄÉ/ reached significance for gates 4 and 5,a50.001). Not
surprisingly, /ÄÉ/ was predominantly classified as /Ä/ for
these gates~see Table V!. /!Ñ/ was mainly confused with
/Ä/, /~/, and /./ at early gates, while /}{/ was mainly confused
with /}/ ~see Table V!. When the diphthongs were fully au-
dible, recognition levels were close to 100%.

IV. SUMMARY AND CONCLUSIONS

We have presented the method and results of a large-
scale study of the perception of gated versions of all possible
Dutch diphones. For the consonants we found the following
six confusion patterns. First, inclusion of bursts considerably
improved recognition of both voiced and voiceless stops.
This finding agrees with past studies on stop recognition

FIG. 3. Correct vowel recognition
rates plotted separately for each of the
16 vowels. Phoneme symbols are in
accordance with IPA, except for A, E,
I, O, @, andÖ, indicating /Ä } ( Å . !/,
respectively. The upper and lower
lines are associated with the first and
second phoneme in the diphone, re-
spectively.
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~e.g., Schouten and Pols, 1983; Smitset al., 1996!. Second,
voiceless stops were recognized better than voiced stops.
This difference was caused by asymmetrical voicing confu-
sions: voiced stops were classified as voiceless more often
than the reverse. This pattern has not been reported earlier.
Third, fricatives were recognized well from only a third of
their frication noise. This had already been established for
English ~Jongman, 1989; Smits, 2000!, but not for Dutch.
Fourth, the same asymmetrical pattern of voicing confusions
that we found for stops applied to the fricatives. This pattern
has been documented for American English by Jongman
~1989!. Fifth, perceptually relevant information was tempo-
rally more spread out for liquids and glides than for other
consonants. A similar pattern was reported by Klaassen-Don
~1983!. Sixth and finally, in accordance with Kurowski and
Blumstein ~1984! and Smits~2000!, our results show that
transitions into the nasal murmur, together with the first few
pulses of the murmur, contain important information for na-
sal recognition.

The confusion patterns for vowels were dominated by
the long–short distinction. This corresponds well with previ-
ous studies employing gated vowels~e.g., Strangeet al.,
1976; van Bergem, 1993!. Short vowels were recognized
well as soon as a third of their duration became available.
However, /+/ and /./ formed an exception to this rule, mainly
because they were mutually confused. Long vowels that do
not have short counterparts were also recognized well from a
third of their duration. For long vowels with short counter-
parts, on the other hand, as well as for diphthongs, the entire
vowel was needed for correct recognition. The pattern for the
long vowel /~/, which forms an approximate long–short pair
with /Ä/, fell between the two extreme patterns.

The database of Dutch diphone perception described
here is available at http://www.mpi.nl/world/dcspdiphones. It
was collected with the aim of improving existing models of
spoken word recognition. In particular, we plan to replace the
input representation of the Shortlist model~Norris, 1994!,
which currently consists of a string of phoneme labels, by
phoneme activation patterns that are graded and temporally
more fine-grained. These activation patterns will be derived
from the present database. The planned improvements will
enable a start to be made on modeling the match between the
speech signal and competing word candidates in a more re-
alistic manner.
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APPENDIX A: PHONEME SELECTION CRITERIA

Reasons for selection or exclusion of certain phonemes
are as follows:

~1! Besides the voiceless velar fricative /k/, CELEX and
Booij ~1995! recognize the voiced velar fricative /$/. We
excluded /$/ because many Dutch speakers—including
the speaker for the experiment—neutralize the distinc-
tion, maintaining only /k/ ~Gussenhoven, 1992!.

~2! The vowels /{:, Ñ:, É:, Å:, !:, }:/ occur only in a few
unassimilated loan words~e.g., analyse, centrifuge,
cruise, zone, oeuvre, serre, respectively!, and contrast
with native phonemes only in length. We excluded these
non-native vowels as Gussenhoven~1992! and Booij
~1995! both hold them to be marginal.

~3! We did include some consonants which occur in Dutch
only in unassimilated loan words: the voiced velar stop
/+/, the fricative /c/, and the affricate /$c/. These appear
in a relatively large number of loans, many quite fre-
quent~e.g.,goal; jam, /c}&/; and jazz!.

~4! There are inconsistencies in the CELEX inventory, e.g.,
the fact that@#b# is treated as a sequence of a stop and a
fricative, /#b/, while @$c# is treated as a single affricate
segment /$c&/. In these cases we observed the CELEX
standard.

APPENDIX B: DIPHONE SELECTION CRITERIA

The following criteria were applied in selection of the
diphones:

~1! For each sequence of two phonemes containing a vowel
other than /./ ~which is never stressed!, one diphone was
included with the vowel stressed, and another with it
unstressed. For vowel–vowel diphones, all four stress
combinations~stressed–stressed, unstressed–unstressed,
stressed–unstressed, unstressed–stressed! were includ-
ed.

~2! We included diphones which can only occur across word
or morpheme boundaries in Dutch~e.g., /G!/!, but we
excluded sequences which, because of phonotactic con-
straints, could never occur even across word bounda-
ries.

~3! In cases where phonotactic constraints were violated by
large numbers of loan words, we included the diphones.
Thus Booij’s ~1995! claim that short vowels cannot be
followed by a glide within the syllable might be consid-
ered to be violated bytiming, tranquilizer, andboiler.

~4! We excluded certain diphones which are possible~at
least across morpheme boundaries! according to a pho-
nemic transcription, but unlikely ever to be produced as
a sequence of the two sounds, e.g., /2b, b2, #$c&/.

~5! We excluded all sequences of identical consonants (C1

5C2), since Dutch phonology requires that these be de-
geminated within the prosodic word~Booij, 1995!, and
they are likely to be reduced to a single consonant even
across word boundaries unless produced with a pause.

~6! A few diphones which probably never occur in Dutch,
e.g., /Ä, }, +/ followed by /c/, were included simply be-
cause no known phonotactic constraint excludes them.
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APPENDIX C: DIPHONE TEST SET

TABLE VI. Diphones included in the experiment, and reasons for exclusions. Each row represents diphonesX1X2 , whereX1 is each of the phonemes

in the X1 column andX2 is each of the phonemes in theX2 column.

Class X1 X2

CV diphones
C5stop, affricate,

nasal, liquid, or glide
!, #, %, ", $, +, $c, &, ', G, ., (, -, 4 all full vowels stressed, all vowels unstressed

C5fricative ), 3, 2, 6, b, c, k, * all full vowels stressed
), 3, 2, 6, b, c, k all vowels unstressed

* all full vowels unstressed

Exclusion:* /*./ within the syllable, and /*/ cannot be syllable-finala

VC diphones
C5stop, affricate,

liquid, or glide

all full vowels stressed, all vowels unstressed !, #, %, ", $, +, $c, ., (, -, 4

C5fricative all full vowels stressed, all vowels unstressed ), 2, b, c, k, *

all long vowels and diphthongs stressed; all long vowels, diphthongs,

and /./ unstressed

3, 6

Exclusion: short vowels before /3 6/ not possible within the syllable, and short vowels cannot be syllable-finalb

C5nasal all full vowels stressed, all vowels unstressed &, '

all full short vowels stressed; all short vowels unstressed G

Exclusion: /G/ cannot follow long vowels within the syllablec and cannot be syllable-initial

VV diphones
stressed–

unstressed

all long vowels and diphthongs all vowels

unstressed–

stressed
all long vowels, diphthongs, and /./ all full vowels

unstressed–

unstressed
all long vowels, diphthongs, and /./ all vowels

stressed– all long vowels and diphthongs all full vowels
stressed Exclusion for all VV categories: short vowels cannot be V1 because they cannot be syllable-final

CC diphones
C15voiceless

stop, nasal,

liquid, or glide

!, #, %, &, ', G, (, ., -, 4 all consonants except C15C2 and /G/

Exclusion: /G/ cannot follow a stop or another sonorant within the syllable or be an onset
C15voiced stop " $, +, $c, 3, 6, c, ', (, .

$ ", +, 3, 6, c, &, ', ., -, 4

Exclusions for /" $/: * /bw bj bm dl/ in syllable onset, and voiced stops must devoice if not in onset unless

followed by a voiced obstruent;d cannot be followed by /G/ because /G/ cannot be an onset

+ ", $, 3, 6

Exclusions: syllable-final /+/ without devoicing is only followed by these consonants, and /+/ is never word-finale

C15fricative ) all consonants except), 3, G

Exclusion: /)3/ too difficult for speaker to produce without assimilation

2, b all consonants except2, b, G

Exclusions; /2b/ and /b2/ are unlikely, unless assimilated

k all consonants exceptk, G

3 ", $, +, 6, c, $c, ', (, .

Exclusions:* /3- 34 3&/ as onsets and /3/ must devoice if not in onset

6 ", $, +, 3, $c, &, ', -, 4

Exclusions:* /6( 6./ as onsets and /6/ must devoice if not in onset; /6c/ is likely to assimilate

Exclusion for /3 6/: cannot be followed by a voiceless fricative within the syllable, and will devoice in coda position

unless followed by a voiced obstruent
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Table VI. ~Continued.)

Class X1 X2

c 4

Exclusions: /c/ never occurs syllable-finally and in onset occurs only before vowels or /4/ ~e.g., inbourgeois!

Exclusion for all fricatives: /G/ cannot follow a fricative within the syllable and cannot be an onset
C15affricate $c &

Exclusions: /$c/ never occurs word-finally, occurs syllable-finally only in the wordmanagement, and cannot be followed

by any other consonant within an onset
Exclusion for all CC diphones: no geminates

aCELEX does list three forms with /*./, all based on the wordcoherent.
bShort vowel-/*/ diphones should be impossible, and thus should have been excluded, since short vowels cannot be syllable-final and /*/ cannot be in a coda.
Also, although Booij~1995! states the prohibition of short vowels followed by /3 6/ within the syllable as a phonotactic constraint, another rule in the
phonology voices underlying /) 2/ before a voiced stop~Booij, 1995!. Thus, a short vowel can be followed by@3 6# if a voiced stop follows, as inzesde
@6}6$.#, sixth; afdeling @Ä3$|((G#, department; etc. These diphones should have been included.

cAlthough Booij~1995! states this phonotactic constraint, CELEX includes many words with long vowels followed by@G#. However, the@G# is always derived
from underlying /'/ by assimilation to a following velar, e.g.,aangelegenheid, affair; woonkamer, living room. Place assimilation in these cases tends to be
optional.

dBooij ~1995! states that coda voiced stops only remain voiced if followed by another voiced stop, not a voiced fricative or a sonorant. Since /"3 $6/, etc. are
unlikely onsets, these diphones, as well as /"' $&/ etc., may also be impossible. We included them since Booij mentions that some stop-fricative and
stop-nasal onsets do occur in a few words. CELEX lists words with the excluded diphones /"4/ ~clubwedstrijd, club contest!, /"-/ ~objectief, objective!, /"&/
~schrabmes, scraping knife!, and /$(/ ~woordloos, wordless!, but in all these cases the voiced stop is in coda position and should be devoiced.

e/g., g(/ do occur as onsets in some loan words~e.g.,groupie, glamour! and should have been included.

APPENDIX D: GATE POSITIONING CRITERIA

The following criteria were applied in establishing pho-
neme beginnings~B! and ends~E!.

~1! Nasal: Sudden change in spectral distribution of energy
~B, E!.

~2! Fricative, after or before consonant: onset~B! or cessa-
tion ~E! of frication.

~3! Voiceless fricative, after or before vowel: cessation~B!
or onset~E! of voicing.

~4! Voiced fricative, after or before vowel: cessation~B! or
onset~E! of vowel’s first formant.

~5! Voiceless stop, after or before consonant: beginning of
stop closure~B! or end of release burst~E!.

~6! Voiceless stop, after or before vowel: cessation~B! or
onset~E! of voicing.

~7! Voiced stop: beginning of prevoicing~B! or end of burst
~E!.

~8! Affricate /$c/: beginning of prevoicing~B! or end of
frication ~E!.

~9! Trilled /./: amplitude minimum just before first tap of
trill ~B!, or after last tap, sometimes realized as slight
burst ~E!.

~10! Approximant or fricative /./: changes in formant fre-
quencies or frication~B, E!.

~11! Onset~light! /(/: sudden change in the spectral distribu-
tion of energy~B, E!.

~12! Coda~dark!/(/: moment of maximum decline of energy
in the first and second formants of the preceding vowel
~B!.

~13! Glide or /(/, after or before consonant: use criteria for
the other consonant~B, E!.

~14! Glide, after or before other glide or vowel: point half-
way through the duration of theF2 transition~B, E!.

~15! Vowel, after or before consonant: use criteria for the
consonant~B, E!.

~16! Vowel to vowel: vowels were always separated by
creaky voicing, the silence of a glottal stop, or both.
Boundary was set at onset of creaky voicing or silence
~B, E!.

As a default, gate end points were positioned at one-third,
two-thirds, and the end of a phoneme. For certain phonemes
in certain environments, however, the following special gate
end points were used:

~1! Vowel to vowel: First gate end point for second vowel at
the end of creaky voicing or silence. Third gate end point
at the end of second vowel. Second gate end point half-
way between the other two.

~2! Stops: First gate end point halfway through the silence or
prevoicing. Second gate end point just before the begin-
ning of the stop burst.

~3! Initial voiceless stops: only the final gate end point was
used, because earlier gate end points, during the stop
closure, would produce stimuli containing only silence.
Therefore, diphones with a voiceless stop as the first
phoneme, if recorded without preceding environment,
had only four gates instead of the usual six.

~4! Voiced stops without prevoicing: In Dutch, /" $ +/ are
often produced without prevoicing~van Alphen, 2000!.
If no prevoicing was visible in the waveform at all in
initial position, gate end points were placed as for a
voiceless stop, producing four gates for the diphone.
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Discrete-time modeling of woodwind instrument bores
using wave variables
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A method for simulation of acoustical bores, useful in the context of sound synthesis by physical
modeling of woodwind instruments, is presented. As with previously developed methods, such as
digital waveguide modeling~DWM! @Smith, Comput. Music J.16, 74–91~1992!# and the multi
convolution algorithm~MCA! @Martı́nez et al., J. Acoust. Soc. Am.84, 1620–1627~1988!#, the
approach is based on a one-dimensional model of wave propagation in the bore. Both the DWM
method and the MCA explicitly compute the transmission and reflection of wave variables that
represent actual traveling pressure waves. The method presented in this report, the wave digital
modeling~WDM! method, avoids the typical limitations associated with these methods by using a
more general definition of the wave variables. An efficient and spatially modular discrete-time
model is constructed from the digital representations of elemental bore units such as cylindrical
sections, conical sections, and toneholes. Frequency-dependent phenomena, such as boundary
losses, are approximated with digital filters. The stability of a simulation of a complete acoustic bore
is investigated empirically. Results of the simulation of a full clarinet show that a very good
concordance with classic transmission-line theory is obtained. ©2003 Acoustical Society of
America. @DOI: 10.1121/1.1515776#

PACS numbers: 43.75.Ef, 43.75.Pq@NHF#

I. INTRODUCTION

The objective of this paper is to present a method for
time-domain simulation of woodwind instrument bores that
can be used for musical sound synthesis purposes. The ad-
vantages of the time-domain approach over the frequency-
domain approach have been discussed by Schumacher;1

time-domain methods are inherently more suited to the pre-
diction of perceptually important transient phenomena. The
bore, assumed to behave linearly, is usually represented by
its impulse response, and the interaction between the bore
and the driver is modeled by a set of differential equations in
combination with a convolution of the impulse response with
the out-going pressure wave. A general framework for mod-
eling of sustained musical tones on this basis was developed
by McIntyre et al.2

However, musical use of a physical model of a wood-
wind instrument requires a spatially modular description of
the bore. That is, the bore has to be modeled in such a way
that the acoustic variables are defined at various specific
points along the air column axis. This is because in order to
vary the pitch, the player manipulates the acoustical response
of the bore via opening and closing toneholes. A spatially
modular description is also advantageous for the inclusion of
nonlinear effects in the bore; a recent experimental study on
woodwind toneholes3 has indicated that such nonlinear ef-
fects are substantial at large amplitudes.

Two main techniques for obtaining a spatial description
appear in the literature, namely digital waveguide modeling
~DWM!4–6 and the multiconvolution algorithm~MCA!.7 The
latter has recently been adapted by Barjauet al.8 for simula-
tion of acoustical bores of arbitrary length. These techniques
are remarkably similar in the sense that they are both based
on a one-dimensional model of wave propagation in the

bore, in which discontinuities in the bore are modeled
through reflection and transmission of propagating waves;
they differ mainly in the details of the numerical formulation.
The main advantage of the DWM approach is that it allows
the adjustment of the balance between accuracy and effi-
ciency. Frequency-dependent phenomena~such as boundary
or radiation losses! are modeled using a digital approxima-
tion of a continuous-domain formulation, where both the
continuous formulation and the digital approximation tech-
nique may be chosen freely. In this respect the MCA ap-
proach is more limited, since it relies on the possibility of
performing analytic inverse Fourier transforms of
continuous-domain formulations. The possibility of adjusting
the trade-off between accuracy and efficiency is particularly
important with respect to musical sound synthesis; while ef-
ficiency is always an important criterion in this context,9 a
synthesis method should anticipate and exploit the steady
increasing in computational power of commonly available
computing resources.

However, the feasibility of the DWM approach for mod-
eling a variety of wind instrument bores has yet to be dem-
onstrated. This is partly due to numerical instability prob-
lems that can occur in simulations of conical sections.6

Another obstacle is that the DWM approach does not provide
methods for modeling of toneholes in a conical bore. This
shortcoming stems directly from the fact that DWM tech-
niques are specifically defined to simulate distributed sys-
tems; as a consequence, uncomputable loops are created
when a conical section is directly connected to an acoustic
unit with a nonzero instantaneous reflection~such as a tone-
hole!.
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This report presents a time-domain method, the wave
digital modeling~WDM! method, that overcomes the major-
ity of these problems. The method makes strong use of the
classical analogy between electrical and acoustical systems,
and combines DWM techniques with wave digital filter
~WDF! techniques. The latter, which were originally de-
signed for simulation of analog networks, are suited to mod-
eling small acoustic units that may be considered as lumped
elements, and are therefore conveniently complementary to
DWM techniques. The main purpose of the present work is
to formulate a unified description that encompasses both
techniques, and that can be used as a general modeling
framework for digital simulation of woodwind instrument
bores.

The paper is organized as follows: the basic modeling
principles are outlined in Sec. II. Piecewise conical bore
modeling has proved to be a useful concept in many previous
studies on wind instrument modeling; how to apply WDM
techniques for the simulation of such systems is discussed in
Sec. III, where accuracy is assessed via direct comparison
with a transmission-line model, and stability properties are
investigated empirically. In Sec. IV a tonehole model is pre-
sented that can simulate holes of a wide variety of musically
and physically feasible dimensions, and can be controlled
dynamically. The main results are presented in Sec. V, where
the method is applied to the simulation of a full clarinet bore.
Accuracy is again assessed via direct comparison with a
transmission-line description. Finally the perspectives of this
work are discussed in the conclusions.

II. GENERAL DESCRIPTION OF THE METHOD

WDF techniques are used for discretization of analog
networks.10 The resulting digital networks are calledwave
digital filters ~WDFs!. The classical analogy between electric
and acoustic systems raises the possibility of employing
WDF techniques for the discretization of lumped elements in
a model of an acoustic system. WDF techniques are similar
to DWM techniques in the sense that they both digitize
continuous-time models usingwave variables. As already
suggested by Smith11 and recently elaborated by Bilbao,12 a
combined approach is possible. The latter work addresses the
more general problem of numerically solving partial differ-
ential equations by means of methods that use wave vari-
ables. The methods presented in the present study are limited
to cases in which lumped elements are modeled using WDF
techniques and distributed elements are modeled using
DWM techniques, and can be considered as a specific sub-
class of the ‘‘wave’’ or ‘‘scattering’’ methods described by
Bilbao. A rare musical acoustics application of such an ap-
proach is the digital simulation of the force interaction be-
tween string and hammer in a piano, developed by Duyne
and Smith.13 The resulting piano hammer model is referred
to as thewave digital hammer;an appropriate general term
for the combined approach iswave digital modeling.

A. Modeling principles

The wave digital models presented in this work are de-
rived from a transmission-line description of a woodwind
bore. The approach thus requires that a transmission-line de-

scription or ‘‘equivalent network’’ is found for each indi-
vidual bore component. In principle these networks may
have any number of ports and may contain any type of linear
element; the only restriction is that the complete network that
represents the entire bore is stable.

The procedure for the derivation of the wave digital
model of an individual bore component is similar to the deri-
vation of a wave digital filter, and consists of three steps:

~1! decomposition of the acoustic variables into wave vari-
ables,

~2! discretization of frequency-dependent elements,
~3! satisfaction of the computability condition.

Step ~1! is accomplished by using the following relation-
ships:

pi5pi
11pi

2 and Ui5
pi

12pi
2

Ri
, ~1!

where for porti, pi is the pressure andUi is the volume
velocity, whilepi

1 andpi
2 are the wave variables. The quan-

tity Ri has the dimension resistance and, following WDF
theory, is referred to as theport-resistance. In the case of a
distributed acoustic element, the wave variables represent
pressure-waves traveling through a certain medium. The
port-resistance then equals the reference impedance that
characterizes the medium; in the case of a wave traveling
through an air-filled pipe, this is the characteristic impedance
Z05rc/S, whereS is the cross-sectional pipe area,r is the
mean air density, andc is the wave velocity. In the case of a
lumped acoustic element, the wave variables do not represent
waves that actually travel any distance; the decomposition is
in this case merely a matter of mathematical description, and
from an acoustical point of view the port-resistance may then
be considered arbitrary. As in the derivation of WDFs, this
freedom of choice is exploited to avoid delay-free loops in
the final modeling structure. The decomposition of acoustic
variables has to be carried out at each port of the system.
Figure 1 depicts a single port and its corresponding signal
flow after decomposition.

Step ~2! concerns the approximation in the digital do-
main of linear, frequency-dependent, continuous domain
phenomena, which is realized in the present study by means
of digital filters. A wave digital model contains various com-
putational loops, in which these filters are placed. In order
for the model to be stable, the gain of these loops must not
exceed unity, and therefore the digital filters that are used
here are designed such that their magnitude response is equal
to or less than unity at all frequencies. Three different types

FIG. 1. ~a! A port and its associated acoustic variables.~b! The correspond-
ing signal flow diagram after decomposition of the acoustic variables into
wave variables.

576 J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 M. van Walstijn and M. Campbell: Modeling woodwind bores



of filter design techniques are employed, each of them for a
specific category of frequency-dependent elements. The first
category comprises lumped circuit elements, such as iner-
tances and compliances, which are mathematically described
by a rational polynomial transfer function of the Laplace
variables5 j v. As is customary in WDF theory, such ele-
ments are discretized via the bilinear transform~BT!:

s5bS 12z21

11z21D , ~2!

wherez21 is the frequency-domain representation of a single
delay of T51/f s seconds,b52 f s is the bilinear operator,
and f s is the sample rate. Frequency-dependent phenomena
which cannot be described with a rational polynomial trans-
fer function fall into the second category. Digital approxima-
tion of such elements is predominantly carried out by means
of infinite impulse response~IIR! filters. For the current pur-
poses, the output-error minimization technique,14 which uses
iterative gradient descent search methods to minimize a
weighted least-square approximation error, is a particularly
suitable method of IIR filter design, since it allows emphasis
on accuracy at lower frequencies. Given that in wind instru-
ment modeling, the frequencies below cutoff are of greater
importance than the frequencies above cutoff, such ‘‘naviga-
tion’’ of the approximation error is helpful in improving the
balance between accuracy and efficiency. The details of such
IIR filter approximation can be found in previous work.6,15

The third category concerns the approximation of a frac-
tional delay. As is explained in Sec. II C, fractional delay
filters are required to simulate wave propagation in tubes of
arbitrary length. In the present study, Lagrange FIR interpo-
lation filters5 are employed. The FIR and IIR filters used in
the present study are typically of the order 3 to 5.

Step~3! is concerned with the computability of the re-
sulting digital structure. Like a digital filter, a wave digital
model is described mathematically by a system of difference
equations. Such a system is calledcomputableif the arith-
metic operations prescribed by these equations can be or-
dered sequentially at each discrete-time instant.10 In practice
this condition is satisfied if the system contains no delay-free
loops. In a wave digital model, such delay-free loops may
arise in the discretization of a lumped element. One possible
way to solve this problem is to insert a fictitious delay into
the loop. However, such an approach leads to significant er-
rors, unless a very high sample rate is used. Following WDF
theory, these loops can be ensured to have at least one delay
by choosing the appropriate port-resistance of that loop. For
example, consider the loop in Fig. 2, in whichH(z) repre-

sents the digital transfer function of the loop. In a wave
digital model, this transfer function can always be written in
the form:

H~z!5
b01b1 z211 . . . 1bN z2N

11a1 z211 . . . 1aN z2N
, ~3!

where the coefficientsbk ,ak depend on the port-resistance of
the loop. The coefficientb0 represents the factor by which
the wave is multiplied before it is passed onwithout delay.
Hence in order for this loop to be computable, this factor
must be zero. IfH(z) represents a lumped element, the port-
resistance may be chosen such thatb050.

B. Lumped elements

An acoustical device may be treated as a lumped acous-
tic element if the wavelength is considerably greater than its
dimensions. An example of such a device is a short side
branch in a cylindrical pipe@see Fig. 3~a!#. In the low-
frequency limit, the wavelength is long compared to the
complicated flow patterns near the junction, and the acoustic
behavior of the side branch is characterized by a simple
shunt impedance network@see Fig. 3~b!#. This is a three-port
network to which Kirchoff’s laws apply, i.e.,

p15p25p3 and U15U21U3 . ~4!

The shunt impedance defines the relation between the acous-
tical pressure and volume velocity in the side branch:

p35Zs~v! U3 . ~5!

If inner length corrections are neglected, the side branch ap-
proximately acts as an inertance for an open branch@super-
script (o)] and as a compliance for a closed branch@super-
script (c)], i.e.,

Zs
(o)~v!5 j vM and Zs

(c)~v!5
1

j vC
, ~6!

where M5(r te
(o))/Sh is the open-branch inertance,C

5Sh te
(c)/(rc2) is the closed-branch compliance,Sh is the

branch cross-section, andte
(o) and te

(c) are the~real-valued!
open-branch and closed-branch effective lengths, respec-
tively.

FIG. 2. A computational loop with transfer functionH(z) and port-
resistanceR.

FIG. 3. ~a! A side branch in a cylindrical pipe.~b! The equivalent network.
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A wave digital simulation of the open or closed branch
is derived by carrying out the steps described in Sec. II A.
Decomposition of the acoustic variables in Eqs.~4! yields
the three-port junction scattering equations

p1
25p2

21W, ~7!

p2
15p1

11W, ~8!

p3
15p1

11p2
22p3

21W, ~9!

where

W5k1@p1
12p3

2#1k2@p2
22p3

2#, ~10!

with the coefficients

k15
R2 R32R1 R32R1 R2

R2 R31R1 R31R1 R2
, ~11!

k25
R1 R32R2 R32R1 R2

R2 R31R1 R31R1 R2
. ~12!

Decomposition of the acoustic variables in Eq.~5! gives

p3
25Rs~v! p3

1 , ~13!

whereRs(v) is a frequency-dependent wave reflectance:

Rs~v!5
Zs~v!2R3

Zs~v!1R3
. ~14!

Note that this reflectance is not equivalent to what is usually
referred to as a ‘‘plane wave reflectance,’’ since the wave
variablesp3

1 andp3
2 do not represent actual traveling waves;

from an acoustical point of view, their port-resistance value
(R3) may be chosen arbitrarily. Equation~14! is discretized
using the BT, which yields the digitized wave reflectance or
‘‘wave digital reflectance.’’ In contrast to some other meth-
ods for discretizing analogue filters~such as the impulse in-
variance method!, the use of the BT guarantees that there
exists anR3 for which the resulting digital filter has a zero
impulse response att50. In the case of an open side branch,
one obtains the wave digital reflectance

Rs
(o)~z!5

a2z21

12az21
with a5

bM2R3

bM1R3
. ~15!

For a closed side branch, the discretization gives

Rs
(c)~z!5

a1z21

11az21
with a5

12bCR3

11bCR3
. ~16!

Figure 4 depicts the signal flow diagram of the obtained
equations.

The next step is to ensure computability of this structure.
A possible delay-free loop exists in thatp3

1 depends onp3
2

according to~9!, but p3
2 also depends onp3

1 via ~13!. In
order to avoid an uncomputable loop, the port-resistanceR3

must be chosen such that there is no instantaneous reflection
from p3

1 into p3
2 . In other words, the coefficienta in Eqs.

~15! and ~16! must equal zero. For the open branch, this is
achieved by settingR35bM , whereas for the closed branch
the port-resistance must be set toR351/(bC). Substitution
of these values into Eqs.~15! and ~16! yields

Rs
(o)~z!52z21 and Rs

(c)~z!5z21. ~17!

Thus the side branch is modeled with nothing more than a
delay that is interfaced to the main bore with a three-port
junction, where an extra sign-inversion is required when the
branch is open.

C. Distributed elements

In the analogy between electrical circuits and tubular
acoustic systems, distributed acoustic elements are modeled
as transmission lines. The simplest system of this type is one
in which plane waves propagate through a cylindrical pipe.
This system is mathematically described by a 232 matrix
equation:16

F p1

U1
G5F cosh~GL ! Z0 sinh~GL !

Z0
21 sinh~GL ! cosh~GL !

G F p2

U2
G , ~18!

wherep1 ,U1, and p2 ,U2, respectively denote the pressure
and volume velocity at the input- and the output-end of the
pipe, L is the pipe length,G is the complex propagation
constant andZ0 is the characteristic impedance. As with
lumped acoustic elements, this description is only valid at
low frequencies, this time because it takes into account only
the principal mode of propagation. Again, the wave digital
model is derived by carrying out the steps described in Sec.
II A; in this case the procedure is in fact equivalent to apply-
ing DWM techniques. Since a pipe is a distributed system,
the port-resistances on both sides of the system have to equal
the characteristic impedance of the pipe, i.e.,R15R25Z0 .
The decomposition of the acoustic variables into wave vari-
ables then yields the relationships:

p2
15@e2GL# p1

1 , p1
25@e2GL# p2

2 . ~19!

If viscothermal losses are ignored, one may substituteG
5 j v/c, and the terme2GL is the frequency-domain descrip-
tion of a pure time delayL/c. As is customary in digital
waveguide modeling, such a delay can be realized in discrete
time with a digital delay line in cascade with a fractional
delay filter.5 The latter performs a numerical operation that is
equivalent to time interpolation, which allows modeling of
wave propagation in a pipe of arbitrary length.

Viscothermal losses can be taken into account in the
transmission-line description by using a lossy, frequency-
dependent formulation ofG, such as that described by
Keefe,17 and can be assimilated into the wave digital model

FIG. 4. The signal flow diagram of a wave digital model of a shunt network.
The 3-port junction block implements wave scattering. The wave digital
reflectanceRs(z) implements the shunt element.
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by cascading another digital filter with each delay line. This
filter is designed to approximate the continuous-domain ex-
pression

H loss~v!5e2(G2 j v/c) L. ~20!

The output-error method mentioned in Sec. II A can be used
for this purpose. Frequency-dependent termination losses,
such as occur at an open end of a pipe, are also approximated
with a digital filter. This filter is designed to approximate the
termination reflectance

RL~v!5
ZL~v!2Z0

ZL~v!1Z0
, ~21!

whereZL(v) is the termination load. For most wind instru-
ments, the radiation impedance of unflanged open ends as
formulated by Levine and Schwinger18 gives a suitable for-
mulation of the termination load. Scavone6 gives a conve-
nient approximation to these formulas, that can be applied
directly in the present context. After arranging the individual
units in the appropriate way, the signal flow diagram of the
wave digital model is obtained~see Fig. 5!.

III. PIECEWISE CONICAL BORES

A woodwind bore may be considered as a succession of
conical and cylindrical bore sections with a set of open or
closed holes in their sides.7 This section presents methods for
simulation of piecewise conical bores with the WDM
method.

A. Benade’s equivalent network

A conical bore section is similar to a cylindrical bore
section in the sense that both are pure waveguides. That is,
plane waves propagate without back-scattering in a cylindri-
cal section, while spherical waves propagate in the same way
in a conical section. This similarity is highlighted in the work
of Benade,19 in which a conical section is represented asan
equivalent circuit consisting of a pair of inertances, a trans-
former, and a nontapered duct that has the same length and
small-end radius as the cone to be represented.This equiva-
lent network is depicted in Fig. 6. The values of the iner-
tances are

M05rr 0 /S0 and Me5rr e /Se , ~22!

wherer 0 andr e are the distances from the cone apex andS0

and Se the wavefront areas at the left-hand and right-hand
side of the cone, respectively. The distance from the cone

apex is defined as negative if the apex is positioned on the
right-hand side of the cone.

The methods presented in Sec. II can be used to derive a
wave digital simulation of the equivalent circuit; a shunt in-
ertance is modeled as a three-port junction with a single de-
lay attached to one of its ports, and a bi-directional delay-line
simulates the uniform line, with added filters for time inter-
polation and inclusion of viscothermal losses. The trans-
former represents the decrease in pressure with increasing
wavefront area, and can be modeled by adding a scaling
factor to each delay line. However, these scaling factors may
be removed from the system without changing the overall
reflectance at the input-end of the model. In such a scenario,
one must apply them ‘‘extrinsically’’ when calculating the
actual pressure at any point in the cone.15

B. A junction of two conical sections

An equivalent network of two successive conical sec-
tions can be constructed by attaching two networks of the
kind depicted in Fig. 6. A junction of two conical sections is
thus described with a network which has the right-hand in-
ertanceM152(rr 1)/S1 of the first cone in parallel with the
left-hand inertanceM25(rr 2)/S2 of the second cone. As
pointed out in Ref. 19, this arrangement of the junction net-
work is equivalent to a single shunt inertance

M j5
M1 M2

M11M2
5

r r 1 r 2

r 1 S22r 2 S1
. ~23!

It follows that thewave digital junctionis derived in the
same way as the wave digital structure of the open side
branch discussed in Sec. II B. The signal flow of the wave
digital junction is thus as depicted in Fig. 4. For certain
junctions, the value ofM j is negative. The problems related
to discrete-time modeling of such a negative inertance are
discussed in Sec. III E.

C. A junction of a conical section and a lumped
element

Consider the network in Fig. 7~a!. This network is the
electrical equivalent of a conical section that is terminated by
a load ZL(v). This load could for example represent the
open-end radiation impedance. The value of the shunt iner-
tance at the termination isM j52(rr )/S, where r is the
distance from the cone apex to the end of the cone, andS is
the wave area at the cone end. Figure 7~b! shows the wave
digital model of this system. The termRL(z) indicates a
digital filter approximation of the wave reflectance

FIG. 5. Signal flow diagram of a wave digital model of an open-ended pipe.
Eachz2N unit indicates a delay-line. Aloss unit represents a digital filter
that approximates viscothermal losses, and anFD unit indicates a fractional
delay filter. The open end is modeled with the reflectance filterRL(z).

FIG. 6. Equivalent circuit of a conical waveguide constructed of a uniform
line, two shunt inertances, and transformer@after Benade~Ref. 19!#.
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RL~v!5
ZL~v!2R2

ZL~v!1R2
, ~24!

whereR2 is the port-resistance as defined for the wave vari-
ablesp2

1 andp2
2 . If the taper junction modeled in discrete-

time without taking special care concerning the wave reflec-
tances~i.e., if R2 is set equal to the local characteristic
impedance!, then the system would exhibit a delay-free loop,
because in that scenario both the junction and the lumped
element have a nonzero instantaneous reflection. In order to
avoid such a delay-free loop, the junction near the lumped
element is designed in such a way that has no immediate
reflection of the wave incident from the right. It will there-
fore be referred to as a ‘‘WD-r junction,’’ where the letterr
indicates that the junction has a zero instantaneous reflection
in right-going direction. The first few steps in the derivation
of the WD-r junction are the same as in the case of the
normal wave digital junction. That is, the basic structure is
again a three-port junction~see Fig. 4!, with an inertance
wave reflectance

Rs~v!5
j vM j2R3

j vM j1R3
~25!

attached to one of its ports. The port-admittanceR3 relates in
the same way to the inertance as for the normal wave digital
junction, i.e., R35bM j , and the wave digital reflectance
again reduces to a negative delay. As explained in Sec. II B,
Eqs. ~7!, ~8!, and ~9! describe the scattering of wave vari-
ables at the three-port junction. In this case the port-
resistanceR2 on the right-hand side may be chosen arbitrary
because it connects directly to a lumped element. In order to
derive a realizable structure, the instantaneous reflection of
the incident wavep2

2 should be zero, which is true only if

R25
R1 R3

R11R3
. ~26!

Substitution of Eq.~26! into Eqs.~11! and ~12!, yields the
normal three-port equations@i.e., Eqs.~7!, ~8!, and~9!#, but
with Eq. ~10! replaced by

W52S R1

R11R3
D @p1

12p3
2#. ~27!

In the case of modeling a lumped element attached to
the left-hand side of the cone, a ‘‘WD-l junction’’ ~that has a
zero instantaneous reflection in the left-going direction! is
required, and the derivation is again similar to that of the
normal wave digital junction. In this case, the port-resistance
R1 has to be set to

R15
R2 R3

R21R3
. ~28!

Substitution into Eqs.~11! and ~12! again yields the normal
three-port equations, but this time with Eq.~10! replaced by

W52S R2

R21R3
D @p1

12p3
2#. ~29!

D. Example application

In this section the wave digital modeling approach is
demonstrated for the bore configuration depicted in Fig. 8~a!.
This configuration has been used in two previous studies7,8

on time-domain modeling. In this case, an interface that con-
verts to the acoustic variablesp and Z0U is added to the
input-end of the wave digital model@see Fig. 8~b!#, so that
the impulse response of the system is equivalent to the in-
verse Fourier transform of the input impedance~normalized
by the characteristic impedanceZ0 of the cylindrical sec-
tion!. Third-order Lagrange interpolation filters were used
for modeling fractional delay lengths and fourth-order IIR
filters to approximate the viscothermal losses of each bore
section. The wave digital reflectanceRL(v) was approxi-
mated with a third-order IIR filter.

For comparison, the impulse response was also com-
puted by taking the inverse Fourier transform of a frequency-
domain computation using transmission-line matrices, as de-
scribed by Keefe.16 Figure 9 shows that the two resulting
impulse responses are effectively identical.

FIG. 7. ~a! The equivalent network of a conical junction that is terminated
by an impedance loadZL . ~b! Signal flow diagram of a wave digital model.
Each of the ‘‘line’’ units indicates a cascade of a digital delay-line, a frac-
tional delay filter, and a loss filter. The ‘‘WDJ’’ unit represents a wave
digital junction, and the ‘‘WD-r J’’ unit represents a wave digital junction
with zero instantaneous reflection in right-going direction.

FIG. 8. ~a! Bore dimensions~in millimeter!. ~b! Signal flow diagram of the
wave digital model.
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E. Stability properties

For a normal wave digital junction@inertance given by
Eq. ~23!#, the inertance remains positive forS2 /r 2.S1 /r 1 .
Hence for certain, physically feasible junction configura-
tions, the junction inertanceM j is negative. This amounts to
using a negative port-resistance, which normally leads to an
unstable filter structure.10 Berners20 has recently shown that
the unstable junction filter is ultimately due to the presence
of a trapped mode, such that traveling wave components due
not constitute a complete basis set in the region surrounding
the junction. However, this does not have to imply that the
numerical formulation of a complete conical bore model is
unstable, because such trapped modes do not exist for pas-
sively terminated systems.20

In order to empirically test whether wave digital models
of piecewise conical bore systems are stable, the bore con-
figuration depicted in Fig. 10 was simulated. The simulation
was run for a very long time~up to 250 seconds!, using a
variety of different input signals, and the resulting impulse
response was analyzed; if the system is stable, than this sig-
nal must not exhibit amplitudal growth after the initial de-
flections. The simulation was run with various different ter-

minations ~i.e., anechoic, open, closed!. The results show
that the system remains unconditionally stable when visco-
thermal losses are not included. However when such losses
are included, the system is in all cases unstable. When
anechoic terminations are avoided, the signal starts to grow
significantly only after a very long simulation time~typically
200 seconds!; for such cases, the impulse response of the
system, which typically has effectively decayed within less
than one second for musical instrument bores, can be com-
puted without any significant error due to instability prob-
lems. It must be noted that these findings are subject to the
precision of the floating points used in the computations; all
results presented here are computed using 64-bit precision.

The fact that the inclusion of losses has a strong influ-
ence on the stability may be explained by the inconsistency
in the formulation of the propagation constant. That is, the
junctions are formulated using alosslessG, whereas wave
propagation in the bore sections is formulated with alossyG.
Gilbert et al.21 have proved that a continuous-domain formu-
lation of a piecewise conical bore system is stable; this proof
was carried out for a lossless as well as for a lossy version of
the propagation constant. No such proof exists however for a
continuous-domain formulation in which the propagation
constant is inconsistent. It is worthwhile pointing out that not
only the WDM method but also the MCA and the DWM
approaches are based on such an ‘‘inconsistent’’ continuous-
domain formulation.

IV. TONEHOLES

Physical modeling of woodwind instruments with appli-
cation to sound synthesis requires a tonehole model that
characterizes all tonehole states from open to closed. Scav-
one and Cook22 developed a model that meets this require-
ment, but their ‘‘three-port tonehole model’’ has the limita-
tion that the tonehole length is restricted to a minimum oft
5c/(2 f s). Hence an alternative method is required for simu-
lation of shorter toneholes.

A. Lumped model

Following Duboset al.23 and Dalmontet al.,3 the shunt
impedance of a tonehole is written

Zs~v!5Zh~v!1 j vMs , ~30!

whereZh is the planar mode input impedance of the hole,
andMs5tsr/Sh is an inertance due to the higher order sym-
metrical modes at the intersection between the hole and the
main bore, with

ts5b S 8

3p
20.193d21.09d211.27d320.71d4D , ~31!

whered5b/a, b is the tonehole radius, anda is the main
bore radius. At low frequencies, the open- and the closed-
hole formulas forZh as given by Duboset al. may be ap-
proximated with the lumped model formulas forZs in Eqs.
~6!, using the same effective length formulations as given in
Ref. 23:

te
(0)5tw1tm1t r , te

(c)5tw1tm , ~32!

FIG. 9. ~a! Impulse response of the bore configuration depicted in Fig. 8~a!,
computed as the inverse Fourier transform of the input impedance that was
calculated with transmission-line matrices.~b! The same impulse response,
computed with the wave digital model. These results may also be compared
to those given in Ref. 7~Fig. 8! and Ref. 8@Fig. 6~c!#.

FIG. 10. Bore configuration used in the stability tests. Dimensions are given
in millimeter.
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where tw is the sum of the shortest geometrically tonehole
length andtm is the extra length due to the matching volume
between the hole and the main bore:

tm5
bd

8
~110.207d3!. ~33!

The termt r in Eqs.~32! represents the length correction due
to radiation, for which Nederveen24 gives the empirical for-
mula:

t r5b@0.82120.135~b/Rc!20.073~b/Rc!
4#1td , ~34!

whereRc is the outer radius of the hole, andtd is the extra
length correction for cases where a key of radiusRpad hang-
ing a distanceh above the hole (td50 for holes without
key!:

td50.613b@~Rpad/b!0.18~Rpad/h!0.3921#. ~35!

Figure 11 compares the lumped model formulations ofZh

with the formulas by Duboset al., for typical clarinet tone-
hole dimensions. In the lower frequency range, the approxi-
mation is extremely close.

An additional effect of inserting a hole in a woodwind
bore is that the effective acoustic length of the bore is
slightly reduced on both sides of the hole. In the present
study, the total length correction for an open or closed tone-
hole is formulated:

ta52bd2@2.7210.540d10.285d2#21. ~36!

Thus if the lengths of the main bore sections on each side of
the tonehole arel 1 and l 2 , they should be corrected tol 1

1ta/2 andl 21ta/2, respectively. This length-correction for-
mulation approximates the series inertance formulation in
Ref. 23.

B. Partially open holes

As discussed in Sec. II B, the planar mode impedanceZh

of a sidehole is approximately that of a pure inertance or
compliance depending on whether the hole is open or closed,
respectively. For intermediate tonehole states~i.e., partially
open holes!, the tonehole volume can be divided into an
‘‘open part’’ that behaves as an inertance, and a ‘‘closed
part’’ that behaves as a compliance. These volumes operate
in parallel, thus Eq.~30! becomes

Zs~v!5
j vM

12v2MC
1 j vMs , ~37!

where the compliance and inertance of the partially open
hole are formulated

C5~12g!
Sh te

(c)

r c2
and M5

r te
(o)

g Sh
. ~38!

The parameterg expresses the tonehole state, defined as the
ratio betweenopenand total tonehole volume.

C. Discretization

The first step in the derivation of the wave digital tone-
hole model~i.e., the decomposition into wave variables! is
analogous to the corresponding step discussed in Sec. II B.
The signal flow diagram is thus as depicted in Fig. 4. In this
case, the wave digital reflectance is found after substitution
of Eq. ~37! into Eq. ~14!, and applying the BT, which yields

Rs~z!52
a11a2z211a3z221z23

11a3z211a2z221a1z23
. ~39!

This is a digital all-pass filter with coefficients

a15
2b3MsMC2b~M1Ms!1R3~11b2MC!

b3MsMC1b~M1Ms!1R3~11b2MC!
, ~40!

a25
3b3MsMC2b~M1Ms!1R3~32b2MC!

b3MsMC1b~M1Ms!1R3~11b2MC!
, ~41!

a35
23b3MsMC1b~M1Ms!1R3~32b2MC!

b3MsMC1b~M1Ms!1R3~11b2MC!
.

~42!

In order to avoid a delay-free loop,R3 must be chosen such
that the wavep3

1 enteringRs(z) is not immediately reflected
back towards the three-port scattering junction viap3

2 . This
requires setting the filter coefficienta150, which means that
the port-resistance must be set to

R35
b3MsC1b~11MsG!

G1b2C
, ~43!

where the termG5M 21 is introduced in order to allow the
tonehole state parameterg in Eqs.~38! to go to zero, which
corresponds to fully closing the tonehole. Substitution into
Eq. ~39! gives the final wave digital reflectance:

FIG. 11. Magnitude of the~normalized! planar mode impedanceZh

•Sh /(rc) of a sidehole of dimensions~in mm! a57.5, b53.1, tw57.0,
R55.1, h52.4. ~a! Open hole.~b! Closed hole.
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Rs~z!52z21 S a21a3z211z22

11a3z211a2z22D , ~44!

with

a25
b4MsC

21b2C~2MsG21!1G~11MsG!

b4MsC
21b2C~2MsG11!1G~11MsG!

, ~45!

a35
22b4MsC

212G~11MsG!

b4MsC
21b2C~2MsG11!1G~11MsG!

. ~46!

D. A tonehole in a piecewise conical bore

As discussed in Sec. III A, a conical section may be
modeled as a cylindrical waveguide in combination with two
shunt inertances and an ideal transformer. A tonehole in a
conical section may considered as a system of two conical
sections separated by a tonehole. The equivalent network of
the hole and its connections to the two conical sections is
depicted in Fig. 12~a!. This formulation does not require that
the conical taper on the left-hand side of the hole equals the
taper on the right-hand side. The wave digital model takes
the form as depicted in Fig. 12~b!. In order to avoid delay-
free loops, the cone inertances on the left and the right of the
hole have to be modeled with a WD-r and a WD-l junction,
respectively.

V. RESULTS WITH A FULL CLARINET BORE

The bore of a clarinet can be divided into three parts: the
mouthpiece, the main bore with toneholes, and the bell. The
mouthpiece usually consists of a small entry section plus a
slightly tapered section that connects to the main bore. In
most mouthpieces, there is a small cross-sectional step at the
boundary between these two sections. In the low-frequency
limit, the entry section may be modeled with a cylindrical
section of equivalent volume. The tapered section can then
be modeled as a perfect conical section, where the radius of
the cylindrical section is chosen such that the cross-sectional
step is the same is that in the real mouthpiece. Figure 13

depicts such a ‘‘cylinder-cone model’’ of aBundy mouth-
piece.

The dimensions of the main bore and the toneholes of a
Selmer clarinet~No. 1400! were measured. The geometrical
data of the toneholes is given in Table I. Each interhole sec-
tion is modeled as cylindrical section of mean radius; be-
cause the main bore taper is extremely small, this simplifi-
cation does not introduce any significant error. The
remaining part of the bore~that is, the part starting directly
after hole No. 1! is considered as the bell. The bell is typi-
cally mildly flared, and may therefore be approximated with
a small number of piecewise conical sections.

The choice of the sample rate of the wave digital model
of the clarinet depends on the shortest interhole bore dis-
tance. In order to avoid the use of a very high sample rate,
hole No. 13 was omitted from the model. The sample rate
was then set to the smallest multiple of 44.1 kHz that is
sufficiently high for digital simulation of the shortest remain-
ing inter-hole section, which isf s5176.4 kHz. This sample

FIG. 12. ~a! Equivalent network of a partially open tonehole in a piecewise
conical bore.~b!: The wave digital model structure for digital simulation of
this network. The ‘‘WD hole’’ unit indicates the wave digital tonehole
model. The inertances associated with the conical sections on either side of
the hole are modeled with a WD-r and a WD-l junction, such that no delay-
free loops arise.

FIG. 13. Cylinder-cone model of a Bundy mouthpiece. The conical section
represents the tapered part of the mouthpiece that connects directly to the
main bore, and the cylindrical section models the entry section closest to the
reed channel. Dimensions are given in millimeter.

TABLE I. Dimensions of the Selmer clarinet. All dimensions are given in
millimeters.x indicates the distance along the bore axis between the mouth-
piece and the center of the hole.

Hole no. x 2a 2b tw 2Rpad h

24 68.4 15.0 2.1 12.7 10.4 3.1
23 78.7 15.0 4.0 7.3 10.4 3.3
22 104.3 15.0 5.5 7.0 10.2 2.6
21 114.0 15.0 5.5 7.0 10.3 3.4
20 127.9 15.0 5.7 7.0 10.4 3.4
19 142.6 15.0 4.0 6.5 9.8 3.1
18 153.2 15.0 7.6 10.3
17 157.2 15.0 5.0 7.0 10.1 2.3
16 165.6 15.0 5.0 8.3
15 185.2 15.0 5.0 7.0 10.3 2.4
14 198.3 15.0 6.4 8.3
13 202.9 15.0 6.1 7.0 10.2 3.0
12 203.7 15.0 6.3 7.0 10.2 3.1
11 221.8 15.0 8.2 7.5
10 232.6 15.0 5.0 7.0 10.3 3.7
9 296.6 15.0 7.2 6.0 12.0 2.4
8 312.6 15.0 8.6 7.8
7 314.6 15.0 6.3 6.5 17.1 2.5
6 339.0 15.0 8.5 7.8
5 362.0 15.0 9.3 7.8
4 391.6 15.0 10.3 5.0 17.1 2.5
3 420.2 15.0 12.6 5.0 17.1 3.3
2 453.6 17.3 11.3 4.5 17.2 3.5
1 486.8 21.0 10.1 4.5 17.2 3.8
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rate choice allows for a simple conversion to a conventional
audio rate, so that direct audio playback of output signals on
standard audio equipment is possible.

In the wave digital model, fourth-order IIR filters were
used for digital approximation of the boundary losses, and a
fifth-order IIR filter was used to model the wave reflectance
at the open-end. In order to avoid instability problems, vis-
cothermal losses were not modeled in any of the conical
sections.

Figure 14~a! shows the input impedance of the complete
clarinet bore as computed with two different transmission-
line ~TL! models. TL model~I! was formulated using the
tonehole formulations of Duboset al., while the lumped
model described in Sec. IV A was used in TL model~II !. At
the higher frequencies, the curves exhibit a slight difference
in the position of the impedance peaks, which is mainly due
to the different way in which the negative length-corrections
associated with the toneholes are modeled. Figure 14~b!
compares TL model~II ! with the wave digital model. As can
be seen, the effects due to discretization are very small. The
main discrepancy is the higher amplitude of the first few
resonance peaks, which is due to not taking into account
viscothermal losses in any of the conical sections.

VI. CONCLUSIONS

Woodwind instrument bores can be accurately simulated
in discrete time with the WDM method. Using a
transmission-line description of the bore, a spatially modular
bore model is constructed from which a traveling-wave
based simulation is derived through decomposition into wave
variables and discretization of the frequency-dependent ele-
ments. Toneholes are modeled in such a way that each pos-
sible state~from open to closed! can be simulated and con-
trolled dynamically. The possibility of such parameterization
is essential in the context of generating musically meaningful
output with the model. Another key feature of the WDM
method is the flexibility concerning the formulation and digi-
tal approximation of frequency-dependent phenomena,
which allows adjustment of the trade-off between accuracy
and efficiency. As such, wave digital modeling is well suited
to synthesis-orientated simulation of wind instruments.

Although the present study is limited to calculation of
vibrations inside the bore of a woodwind instrument, the
WDM method can be adapted to predict the sound radiated
from the instrument, and also to simulate other wind instru-
ments, such as brass instruments and flutes.

The results presented in Secs. III D and V show that a
wave digital model closely approximates the transmission-
line description of an acoustic bore. The main discrepancies
were found to be due to the following limitations:~1! the
accuracy is sensitive to the way in which the length-
corrections associated with the toneholes are taken into ac-
count, and~2! the simulation of a piecewise conical bore
system is stable only if viscothermal losses are not taken into
account in any of the conical sections. Limitation~2! has no
significant consequences for simulation of bores which are
predominantly cylindrical, such as the clarinet. However, for
simulation of conical bore instrument, such as the saxo-
phone, further research is required. In particular, stable simu-
lation of lossy conical bores would require a discrete-time
junction model that is formulated using a lossy version of the
propagation constant. The effects of limitation~1! are very
small at low frequencies. Effects due to discretization aspects
and further simplifications are usually extremely small; the
results show that if the transmission-line model of a full
clarinet bore is adapted such that the effects of limitation~1!
are removed from the comparisons, the models no longer
show any significant discrepancy in the important frequency
range. Possibly limitation~1! can be removed in future work,
by modeling the length corrections with wave digital mod-
ules that simulate negative series inertances.

A further useful improvement could be include some
form of resistance in the wave digital tonehole model.
Nederveen24 includes a nonlinear resistive term in the tone-
hole shunt impedance. Such a resistive term could explain
particular phenomena observed with very small holes, and
may need to be included for accurate simulation of register
holes.
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FIG. 14. Input impedance of the Selmer clarinet. Plot~a! compares the two
transmission-line models: TL model~I! is computed using the tonehole for-
mulations by Duboset al., and TL model~II ! is computed with the lumped
model approximation to these formulations used in the present study. Plot
~b! compares TL model~II ! to the wave digital model. The computations
were done with the fingering for noteF3 ~all holes closed except no. 1 and
no. 3!.
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Suppression of large intraluminal bubble expansion in shock
wave lithotripsy without compromising stone comminution:
Refinement of reflector geometry
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Using the Hamilton model@Hamilton, J. Acoust. Soc. Am.93, 1256–1266~1993!#, the effects of
reflector geometry on the pulse profile and sequence of the shock waves produced by the original
and upgraded reflector of an HM-3 lithotripter were evaluated qualitatively. Guided by this analysis,
we have refined the geometry of the upgraded reflector to enhance its suppressive effect on
intraluminal bubble expansion without compromising stone comminution in shock wave lithotripsy.
Using the original HM-3 reflector at 20 kV, rupture of a standard vessel phantom made of cellulose
hollow fiber (i.d.50.2 mm), in which degassed water seeded with ultrasound contrast agents was
circulated, was produced at the lithotripter focus after about 30 shocks. In contrast, using the
upgraded reflector at 24 kV no rupture of the vessel phantom could be produced within a 20-mm
diameter around the lithotripter focus even after 200 shocks. On the other hand, stone comminution
was comparable between the two reflector configurations, although slightly larger fragments were
produced by the upgraded reflector. After 2000 shocks, stone comminution efficiency produced by
the original HM-3 reflector at 20 kV is 97.1561.92% (mean6SD), compared to 90.3561.96%
produced by the upgraded reflector at 24 kV (p,0.02). All together, it was found that the upgraded
reflector could significantly reduce the propensity for vessel rupture in shock wave lithotripsy while
maintaining satisfactory stone comminution. ©2003 Acoustical Society of America.
@DOI: 10.1121/1.1528174#
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I. INTRODUCTION

Reducing vascular injury in shock wave lithotripsy
~SWL! is becoming an increasing clinical concern and a pri-
mary challenge for basic research,1 especially with the much
higher pressure output of the third-generation lithotripters.2

Following SWL, although most young adult patients recover
well, a subgroup of patients, such as pediatric and elderly
patients, and patients with preexisting renal function impair-
ment, are at much higher risk for SWL-induced chronic
injury.1,3,4 Therefore, it is highly desirable to improve litho-
tripsy technology to ameliorate renal injury while maintain-
ing successful stone comminution.

Previous studies usingin vitro phantom systems andin
vivo animal models have demonstrated that cavitation, the
formation and subsequent expansion and collapse of gas/
vapor bubbles in an acoustic field, is an important mecha-
nism for vascular injury in SWL.5–7 Theoretical analyses
have shown that in free field the tensile pressure of a litho-
tripter shock wave~LSW! can cause preexisting cavitation
nuclei in the range of 10 nm–10mm to expand rapidly in
about one hundred microseconds to bubbles of 1 – 2 mm in
diameter, which then collapse violently.8,9 It has been postu-
lated that SWL-induced rupture of capillaries and small
blood vessels, in which bubble oscillation is severely con-
strained, is caused by the rapid, large dilation of the vessel
wall from expanding intraluminal bubbles,5,9 whereas dam-

age in large blood vessels may be caused by high-speed mi-
crojets or secondary shock waves produced by the violent
collapse of cavitation bubbles, either with or without the aid
of an impinging LSW.10,11 Based on the results of these pre-
vious studies, various strategies have been proposed to re-
duce tissue injury in SWL. Overall, these strategies can be
categorized into two groups. The objective for the first group
of strategies is to minimize or eliminate cavitation nuclei in
the medium so that bubbles will not be induced by LSW.
This includes the use of overpressure,12,13 low pulse repeti-
tion rate,14–16and staged SWL treatment combining low- and
high-amplitude shock wave exposures.17 In contrast, the sec-
ond group of approach relies on the modification of the pro-
file of LSW to actively suppress cavitation, and thus to re-
duce its damage potential to surrounding tissues. This later
approach includes inversion of the lithotripter pressure wave-
form by the use of a pressure-release reflector18 or by invert-
ing the polarity of input excitation voltage to piezoceramic
transducers19 and various pulse superposition
techniques.20–23 Among these approaches, thein situ pulse
superposition technique that we developed recently23 has the
advantage of reducing tissue injury without compromising
stone comminution or increasing treatment time.

The basic principle of thein situ pulse superposition
technique is to use a relatively weak compressive wave to
superimpose onto the trailing tensile component of a LSW to
suppress the expansion of cavitation bubbles induced in a
lithotripter field.23 To implement this technique in an HM-3
lithotripter, a thin shell ellipsoidal reflector insert with itsa!Electronic mail: pzhong@duke.edu
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inner surface sharing the same first focus (F1) with the origi-
nal HM-3 reflector, but its second focus shifted 5 mm proxi-
mal to the shock wave generator was designed and fabricated
as previously described.23 The reflector insert, with its lower
edge extending to the focal plane acrossF1 and perpendicu-
lar to the lithotripter axis, covers a large portion of the origi-
nal HM-3 reflector. Therefore, the reflector insert becomes
the primary reflecting surface to form a leading LSW after
each spark discharge, whereas a second weakly focused
shock wave, delayed by about 4ms, is produced by wave
reflection from the uncovered bottom surface of the original
HM-3 reflector.23 In vitro phantom tests have shown that
stone comminution produced by the upgraded reflector at 24
kV is comparable to that produced by the original HM-3
reflector at 20 kV. However, the upgraded reflector signifi-
cantly reduces the potential for vascular injury. At corre-
sponding output voltages, rupture of a standard hollow fiber
vessel phantom~perfused with degassed water seeded with
ultrasound contrast agents! around the lithotripter beam fo-
cus was produced after about 30 shocks using the original
HM-3 reflector, yet no rupture could be produced by the
upgraded reflector even after 200 shocks. The only exception
is at the geometric focus of the reflector insert where the
tensile pressure of the LSW reaches its maximum and rup-
ture of the vessel phantom could be produced after about 130
shocks.23 Apparently, refinement of the upgraded reflector is
needed to further suppress intraluminal bubble expansion
and to reduce the potential of vascular injury in SWL without
compromising stone comminution.

In this work, we analyzed qualitatively the effect of re-
flector geometry on the profile of LSW produced by the up-
graded reflector, using a linear wave propagation model de-
veloped by Hamilton.24 Guided by this analysis, we have
refined the geometry of the reflector insert and characterized
the resultant acoustic field and bubble dynamics using a fiber
optic probe hydrophone and high-speed imaging technique.
The performance of the refined upgraded reflectorin vitro
was evaluated using established stone and vessel phantom
systems; and the dynamics of cavitation bubbles induced by
the original and upgraded HM-3 lithotripter were analyzed
using the Gilmore model. All together, it was found that with
refinement in geometry the upgraded reflector can further
reduce the potential of vascular injury in SWL while main-
taining satisfactory stone comminution.

II. THE EFFECT OF REFLECTOR GEOMETRY ON
WAVEFORM PROFILE ALONG LITHOTRIPTER AXIS

To increase the strength of the second shock wave, the
original reflector insert23 needs to be further truncated to in-
crease the area for the uncovered bottom surface of the origi-
nal HM-3 reflector. However, truncation of the reflector in-
sert also reduces the reflecting surface area for the leading
LSW. Therefore, a balance needs to be reached between re-
ducing vascular injury and maintaining successful stone
comminution using the upgraded reflector. For this purpose,
it would be helpful to understand the relationship between
the geometry of the upgraded reflector and the pressure field
produced at the lithotripter beam focus. In this work, we
used a linear wave propagation model that was developed by

Hamilton to describe small-amplitude wave reflection, focus-
ing, and diffraction from an ellipsoidal reflector.24 An unique
feature of the Hamilton model is that it describes the contri-
bution and evolution of different wave components to the
pressure waveform produced along a lithotripter axis. There-
fore, the Hamilton model was used to provide a qualitative
assessment of the effect of reflector insert geometry on the
pressure amplitude at the reflector focus, and to facilitate the
interpretation of the pressure waveforms measured experi-
mentally. It should be note that optimization of the reflector
insert design would require a quantitative prediction of the
pressure waveform in a lithotripter field based on nonlinear
shock wave propagation models in an electrohydraulic
lithotripter,25–27 which is beyond the scope of this work.

A. The Hamilton model

Let’s consider the situation where an outgoing omnidi-
rectional spherical pressure wave, centered at the first focus
(F1), is reflected and refocused towards the second focus
(F2) of an ellipsoidal reflector~see Fig. 1!. Based on a geo-
metrical acoustics approximation, the reflected pressure field
p2g can be expressed by24

p2g

p0
5D~zs!S 11«

12« D r 0

r 2
f S t1

r 222a

c0
D , ~1!

where p0 is the pressure amplitude at a fixed but arbitrary
distancer 0 from F1 , D(zs) is the directivity function withzs

denoting the coordinate on the surface of the ellipsoidal re-
flector, « the eccentricity of the ellipsoidal reflector,r 2 the
distance fromF2 , f (t) a dimensionless function of time rep-
resenting the source waveform, andc0 sound speed in water.
The directivity function, corresponding to the density of rays

FIG. 1. A schematic diagram of the geometry of a reflector insert, in relation
to the original HM-3 reflector. Note that the reflector insert shares the same
first focus with the original HM-3 reflector (F15F18), but its second focus
(F28) is 5 mm proximal to the shock wave source relative to that of the
original HM-3 reflector (F2).
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reflected from different regions of the ellipsoidal reflector, is
given by

D~q!5F11
4« sin2~q/2!

~12«!2 G21

, ~2!

in which, « is defined by

«5A12~b/a!25c/a ~0<«,1!, ~3!

wherea, b, c are the semimajor axis, semiminor axis, and
half-focal length of the ellipsoidal reflector, respectively, and
u is an angle between the ray normal to the reflected wave-
front and the lithotripter axis, which is defined as thez-axis
in Fig. 1.

The directivity function determines the amplitude shad-
ing of the pressure field across the aperture of the lithotripter
reflector. As shown in Fig. 2, the directivity decreases mono-
tonically with u and it also depends on the eccentricity of the
reflector. When«→0 ~i.e., for a spherical reflector!, the re-
flected wave becomes spherically converging, whereas as«
→1, the reflected field becomes increasingly localized along
the z-axis. For the original and upgraded HM-3 reflectors
(«50.826 and 0.842, respectively!, their directivity func-
tions are similar and the amplitude of the pressure reflected
from the edge of the reflector aperture is about 10% of that
reflected from the bottom along the reflector axis~see Fig.
2!.

Using the Kirchhoff integral, the reflected pressure
along the z-axis can be determined.24 The solution, account-
ing for the effect of wave diffraction at the aperture of the
ellipsoidal reflector, can be expressed by two closed form
expressions, representing the center wave and the edge wave,
respectively, and a convolution integral over time represent-
ing the wake:

p2

p0
5Hc~z! f ~tc!1He~z! f ~te!1

c0

a E
t1

t2
Hw~z,t8!

3 f ~ t2t8!dt8, ~4!

where Hc , He , and Hw are the impulse strengths for the
center wave, the edge wave, and the wake, respectively, and
tc , te , t1 , andt2 are the retarded times for the correspond-
ing waves. Detailed expressions of these parameters can be
found in the original reference.24

Moreover, it has been shown that at beam focus of the
ellipsoidal reflector the pressure can be expressed by

p2

p0
5F

r 0

c0

d

dt
f S t2

2a

c0
D , z5z2 , ~5!

whereF is the focusing factor defined by

F5S 12«2

2« D lnS a1«d/~12«!

a2«d/~11«! D , ~6!

in which d is the depth of the ellipsoidal reflector~see Fig.
1!.

The Hamilton model describes linear wave propagation
in a truncated ellipsoidal reflector such as in the HM3 lithot-
ripter. To determine the pressure waveform produced by the
upgraded reflector, the Hamilton model was used to calculate
pressure waveforms~PW! produced by three different trun-
cated ellipsoidal reflectors, namely,~1! PW1 from the reflec-
tor insert that is assumed to be not truncated at the bottom
~thus covering completely the original HM-3 reflector!, ~2!
PW2 from the truncated bottom of the reflector insert, and
~3! PW3 from the uncovered bottom surface of the original
HM-3 reflector. Because of the linear wave propagation de-
scribed by the Hamilton model, the pressure waveform pro-
duced by the upgraded reflector can be calculated by (PW1

2PW2)1PW3 .

B. The effect of reflector geometry on focusing factor

It can be seen from Eq.~6! that, for a given«, F is only
a function of the depth of the reflector. Therefore, for small
amplitude waves,F represents the influence of reflector ge-
ometry on the pressure produced atF2 . On a first order
approximation,F may be used to evaluate qualitatively the
influence of the reflector insert geometry on the leading LSW
and the second shock wave produced by the upgraded reflec-
tor.

Figure 3 shows the relative change inF associated with
the reflecting surfaces for the leading LSW and the second
shock wave, respectively, when the truncation depth of the
reflector insert (dT , see Fig. 1! increases from 0 to 10 mm.
Here, the results were normalized with respect to the corre-
sponding values for the prototype upgraded reflector,23 in
which the lower edge of the reflector insert was extended to
the focal plane acrossF1 . It can be seen that, as the trunca-
tion depth increases~i.e., the lower edge of the reflector in-
sert retracts toward the reflector aperture!, the focusing factor
for the leading LSW will decrease and the corresponding
value for the second shock wave will increase. The magni-
tude of the relative change inF for the second shock wave is
about twice that for the leading LSW. Considering that the
leading LSW is much stronger than the second shock wave,
this result suggests that a small truncation of the reflector

FIG. 2. Angular dependence of the directivity functionD(u) in the reflected
pressure field predicted by geometrical acoustics with four different eccen-
tricity values («50.2, 0.5, 0.83, and 0.84!.
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insert will significantly increase the pressure amplitude of
the second shock wave without affecting greatly the leading
LSW.

C. The effect of reflector geometry on waveform
profile

Using the Hamilton model, we calculated the pressure
waveforms along the lithotripter axis produced by the origi-
nal HM-3 and the upgraded reflectors. The incident wave
from the spark discharge atF1 is assumed to be a triangle
pulse of 4ms duration and 0.75ms rise time, similar to the

values used in previous studies.24–26 To facilitate compari-
son, the pressure waveform was normalized by the maximal
pulse amplitude at each location and the retarded time for the
wave propagation was used. A cross-sectional view of the
original and upgraded reflector is shown in Fig. 1. The geo-
metric parameters of the reflectors are described in the next
section.

Figure 4 shows the evolutions of three main components
of the waveform along thez-axis in the original HM-3 litho-
tripter. Hereinafter,Dz2 is used to denote the distance be-
tween the location where the waveform is calculated and the
beam focus on thez-axis,z2 . At Dz25243.8 mm, the cen-
ter wave and edge wave~produced by wave diffraction at the
reflector aperture! are clearly separated, and the wake con-
tributes to the tensile pressure immediately following the
center wave. As the waveform propagates towards the focus
the edge wave catches up with the wake, generating a large
tensile pressure beforeF2 ~see Dz25227.3 mm). Subse-
quently, the edge wave and wake overlap with the center
wave nearF2 , and eventually, they overtake the center wave
far beyondF2 ~seeDz2565.7 mm). As shown by Hamilton,
the polarity of the wake is the same as that of the edge wave,
but opposite to the center wave.24 That is, in the pre-focal
region, the center wave is compressive, yet the wake and
edge wave are tensile. However, in the post-focal region the
polarities of all the wave components are reversed.

Using the upgraded reflector, two waves that travel in
tandem are predicted~Fig. 5!. Because the reflector insert has
both an upper and a lower rim, two edge waves associated
with the leading LSW are produced at different time instants.
At Dz25263.3 mm, the edge wave produced by the lower
rim of the reflector insert~which is close to the spark dis-
charge atF1) has already merged with the wake of the LSW.

FIG. 3. Normalized value of the focusing factor~F! associated with the
reflector insert and uncovered bottom surface of the original HM-3 reflector
in relation to the truncation depth (dT) of the lower rim of the reflector
insert. The focusing factor is normalized by the corresponding value when
the lower rim of the reflector insert is extended to the focal plane across the
first focus of the original HM-3 reflector.

FIG. 4. Theoretical prediction of the pressure waveforms along the lithotripter axis using the original HM-3 reflector. Here,t denotes the propagation time of
a reflected sound pulse originated from the first focus of the lithotripter reflector, andDz2 is the distance from the second focus of the original HM-3 reflector
on thez-axis (z2). C: center wave, W: wake, and E: edge wave.
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In comparison, the edge wave produced by the upper rim of
the reflector insert~which is distal from the spark discharge
at F1) arrives later; however, it converges to the center wave
faster than the edge wave from the lower rim. BeyondF2

both edge waves and the wake overtakes the center wave,
with the edge wave from the upper rim diverging away from
the center wave faster than its counterpart from the lower rim
~seeDz2565.7 mm in Fig. 5!.

Because of the shallow depth of the uncovered bottom
surface of the HM-3 reflector, the second shock wave is
weakly focused with a resultant long beam size along the
lithotripter axis. Consequently, the center wave and the edge
wave of the second shock wave overlap with each other most
of the time when propagating along the lithotripter axis. For
the same reason, the rate at which the edge wave diverges
away from the wake and center wave beyond the focus is
much faster for the first shock wave than for the second
shock wave. In comparison, it is interesting to note that
around the beam focus, the waveform profiles of the leading
LSWs produced by the original HM-3 reflector and the up-
graded reflector~whose geometrical foci are separated by 5
mm! are quite similar.

III. EXPERIMENTAL MATERIALS AND METHOD

A. Lithotripter

The experiments were carried out in a Dornier HM-3
lithotripter with a 80 nF capacitor and a truncated brass el-
lipsoidal reflector with semimajor axisa5138 mm, semimi-
nor axisb577.5 mm, and half-focal lengthc5114 mm. In
our previous study, to producein situ pulse superposition we
fabricated a thin shell ellipsoidal reflector insert that had an
outer surface matching with the original HM-3 reflector and
an inner surface witha85132.5 mm,b8571.5 mm, andc8

5111.5 mm.23 The lower edge of the reflector insert was
extended to the focal plane acrossF1 where the tips of the
spark electrode are centered. In this study, the lower edge of
the original reflector insert23 was truncated by 4 mm in order
to increase the pressure amplitude of the second shock wave
without weakening significantly the LSW~see Fig. 3!. In
addition, to reduce the effect of wave diffraction the lower
edge of the reflector insert was trimmed into a conical shape
of 11.8° angle with respect to the lithotripter axis, extending
to the focus of the original HM-3 reflector~see Fig. 1!.

B. Pressure waveform measurements

The pressure waveforms produced by the HM-3 litho-
tripter using either the original or upgraded reflector were
measured using a fiber optic probe hydrophone~FOPH 300,
Universität Stuttgart, Germany! that can accurately record
both the compressive and tensile components of the LSW.28

The sensing probe of the FOPH 300, a 100-mm optical fiber,
was placed inside a holder and attached to a three-axis trans-
lation stage titled at 14° so that the probe could be aligned
parallel to the lithotripter axis. Accurate alignment of the
probe tip with F2 was aided by a mechanical pointer that
coincides with the beam focus of the HM-3 lithotripter. The
probe tip of the hydrophone was scanned along the lithot-
ripter axis in 5-mm steps (215 mm,Dz2,15 mm) around
the beam focus. At each location, at least four pressure wave-
forms were recorded using a digital oscilloscope~LeCroy
9314M, Chestnut Ridge, NY! operated at 100 MHz sampling
rate.

C. High-speed shadowgraph imaging

Based on the design principle used in our previous
studies,5,29 a high-speed shadowgraph imaging system was

FIG. 5. Theoretical prediction of the pressure waveforms along the lithotripter axis using the upgraded reflector. Here,t denotes the propagation time of a
reflected sound pulse originated from the first focus of the lithotripter reflector, andDz2 is the distance from the second focus of the original HM-3 reflector
on thez-axis (z2). Arrows indicate the edge waves, originated from the lower~L! and upper~U! rim of the reflector insert.
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set up to capture the dynamics of cavitation bubbles pro-
duced in the HM-3 lithotripter field~Fig. 6!. A Lucite cham-
ber (73.7329.2315.2– 21.6 cm,L3W3H), consisting of a
wet test chamber at the center and two dry chambers on the
lateral side to accommodate various imaging components,
was constructed and fixed firmly inside the water tub of the
HM-3 lithotripter. An illumination pulse, produced by a
Nd:YAG laser~MiniLaseI, New Wave Research, Sunnyvale,
CA, l5512 nm andtp56 ns), was collimated using a com-
bination of a concave lens and a Schlieren mirror that were
mounted on an optical breadboard placed on top of the HM-3
tub. Using a steering mirror, the collimated laser beam was
passed through the test chamber, and the image was pro-
jected through a combination of lenses and mirror onto a
CCD camera. By adjusting the trigger delay to the camera
and the Nd:YAG laser with respect to the spark discharge of
the lithotripter, a series of images of shock wave propagation
and bubble dynamics could be captured. In addition, a
sponge was placed at the water surface inside the test cham-
ber to reduce wave reflection and its influence on bubble
dynamics at the lithotripter focus.

D. Stone comminution

For stone comminution tests, spherical stone phantoms
(D510 mm) made of BegoStone~BEGO USA, Smithfield,
RI! were used. The acoustic properties of BegoStone have
been characterized and found to be similar to those of cal-
cium oxalate monohydrate stone,30 which is the most fre-
quently observed kidney stone in patients.31 Following our
established protocol, the fragmentation test was carried out
by using a phantom system that mimics stone comminution
in the renal pelvis.17 However, in contrast to our previous
study in which stone comminution was compared after 100
shocks, we evaluated the progression of stone comminution
produced by the original HM-3 and upgraded reflector within
the typical clinical dose of 2000 shocks at a pulse repetition
rate of 1 Hz. Moreover, after each 100 shocks the position of
the stone fragments with respect toF2 was checked using the
bi-planar fluoroscopic imaging system of the HM-3 litho-
tripter. If necessary, re-positioning was carried out to ensure
that the largest fragment was aligned withF2 . After 1000

shocks, most of the original stone phantom was reduced to
small fragments that accumulated around several large re-
sidual pieces, which were difficult to discern from each other
in fluoroscopic images. Therefore, after 1000 shocks, the
lithotripter focus was scanned every 100 shocks throughout
the fragments to ensure sufficient shock wave exposure to all
the residual large fragments. At the end of each experiment,
all the fragments were carefully removed from the holder,
spread out on paper, and dried in air for 24 hours. The dry
fragments were then filtered through a series of ASTM stan-
dard sieves~No. 5, No. 10, No. 18, No. 35, W. S. Tyler,
Mentor, OH! with 4, 2, 1, and 0.5 mm grids, respectively.
Stone comminution efficiency was determined by the per-
centage of fragments less than 2 mm, which can be dis-
charged spontaneously in urine following clinical SWL.32

Six samples were used under each test configuration.

E. Vessel phantom rupture

The potential for vascular injury produced by the up-
graded reflector was evaluated using a vessel phantom made
of a single regenerated cellulose hollow fiber (i.d.
50.2 mm) following our established protocol.5,23 Briefly, the
hollow fiber was immersed in the test chamber filled with
highly viscous fresh castor oil and placed on the lithotripter
axis aroundF2 . Degassed water seeded with 0.1% ultra-
sound contrast agent Optison was circulated inside the hol-
low fiber to ensure that intraluminal cavitation could be pro-
duced consistently by each shock wave. A slow pulse
repetition rate of;0.1 Hz was used so that before the next
shock any visible bubbles outside the hollow fiber could be
carefully removed. The experiment was stopped either when
a rupture was produced or when the total number of shocks
delivered to the hollow fiber reached 200.

IV. RESULTS

A. Pressure waveforms

Figure 7 shows representative pressure waveforms pro-
duced along the lithotripter axis. Using the original HM-3
reflector, a typical shock wave consisting of a leading com-
pressive wave followed immediately by a tensile wave was

FIG. 6. Experimental setup for high-speed shadow-
graph imaging in an HM-3 lithotripter. See text for de-
tails.
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produced. In addition to the leading shock front, a second
positive pressure peak was also observed in the compressive
wave. This double-peak structure is most obvious and con-
sistently observed in an HM-3 lithotripter,33–35 whose ellip-
soidal reflector is truncated on the lateral sides to accommo-
date the bi-planar fluoroscopic imaging system for stone
localization. In contrast, pressure waveforms produced by
other experimental electrohydraulic lithotripters with similar

reflector geometry yet without truncation on the lateral sides
reveal less distinct second peak in the compressive wave.18,35

This second positive pressure peak, much smaller in ampli-
tude than the leading shock front, may be related to the su-
perposition of the edge wave originated from wave diffrac-
tion at the aperture of the reflector and the center wave,
which are opposite to each other in phase polarity. Trunca-
tion of the lateral sides of the HM-3 reflector strengthens the

FIG. 7. Representative pressure wave-
forms measured along the lithotripter
axis by using a fiber optic probe hy-
drophone, FOPH 300.~a! Original
HM-3 reflector at 20 kV and~b! up-
graded reflector at 24 kV. Here,Dz2

denotes the distance from the second
focus of the original HM-3 reflector on
the z-axis (z2). Arrows indicate the
double-peak structure in the second
shock wave.
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edge wave when portions of the reflector become
shallower.24 The strong edge wave causes a significant ditch
on the compressive wave following the shock front, leading
to the appearance of the second positive peak.

In comparison, the pressure waveform produced by the
upgraded reflector has a leading compressive wave following
by a modified trailing tensile component. An edge wave pre-
ceding the lithotripter shock front is apparent when the pres-
sure waveforms were measured at locations beyond the geo-
metrical focus of the reflector insert. More importantly, a
second shock wave produced by wave reflection from the
uncovered bottom surface of the original HM-3 reflector is
observed, which superimposes on the trailing tensile compo-
nent of the LSW. The amplitude of the second shock wave at
F2 is estimated to be 15.6 MPa, compared to 10.4 MPa pro-
duced by our prototype upgraded reflector.23 The higher am-
plitude of the second shock wave produced by the refined
upgraded reflector is consistent with the increased reflecting
surface area for the second shock wave. Interestingly, a
double-peak structure~indicated by arrows in Fig. 7! was
also observed for the second shock wave before its geometric
focus, F2 , which may relate to the strong edge wave pro-
duced by the shallow, uncovered bottom surface of the HM-3
reflector. BeyondF2 , the edge wave overtakes the center
wave ~Fig. 7!.

B. High-speed shadowgraph imaging

Figure 8 shows two representative sequences of bubble
dynamics produced in water (O2 concentration:,2.0 mg/L!
by the original HM-3 reflector at 20 kV and the upgraded
reflector at 24 kV, respectively. With the original reflector,
the leading focused shock front, and, following immediately
behind it, the convex edge waves propagating laterally and
crossing each other on the lithotripter axis can be clearly
observed@ t5178ms and t5180ms in Fig. 8~a!#. Subse-
quentally, cavitation bubbles were induced in the wake of the
shock front by the trailing tensile component of the LSW.
The initial bubble expansion was quite large. With only 10
ms after the passage of the shock front, some bubbles have
grown to a size of about 0.8 mm@ t5190ms in Fig. 8~a!#.
Although initially individual bubbles appeared to expand
spherically, bubble aggregation might occur later on near the
lithotripter axis @ t5330ms in Fig. 8~a!#. Following the
maximum expansion, most bubbles collapsed violently, gen-
erating secondary shock waves@440 ms in Fig. 8~a!#. The
collapse of rebound bubbles appeared to be affected by the
secondary shock wave, leading to microjet formation along
the propagation direction of the secondary shock wave
@ t5550ms in Fig. 8~a!#.

Using the upgraded reflector, a leading focused shock

FIG. 8. Representative high-speed
shadowgraph images of shock wave
propagation and bubble dynamics pro-
duced in water around the lithotripter
focus~center of each frame!. ~a! Origi-
nal HM-3 reflector at 20 kV and~b!
upgraded reflector at 24 kV. The num-
ber above each image frame indicates
the time delay from the spark dis-
charge of the lithotripter electrode.
LSW: lithotripter shock wave, 2nd
SW: second shock wave generated
from the uncovered bottom surface of
the original HM-3 reflector, 20 SW:
secondary shock wave produced by
the collapse of cavitation bubbles.
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front with the accompanying edge waves were observed, and
their arrival time atF2 is about 4ms earlier than the LSW
produced by the original HM-3 reflector@Fig. 8~b!#. In addi-
tion, a second shock wave produced by wave reflection from
the uncovered bottom surface of the orginal HM-3 reflector
was observed@ t5176ms in Fig. 8~b!#. Interestingly, the
edge wave, separated from the leading shock front by about
1 ms, could be identified from the shadowgraph imaging,
which correlates well with the double-peak structure of the
second shock wave measured by the FOPH 300 hydrophone
~Fig. 7!. In comparison to the bubble dynamics produced by
the original HM-3 reflector, three major differences were
identified. First, the second shock wave significantly sup-
pressed the initial bubble expansion produced by the leading
LSW. Smaller bubbles were observed at 10ms after the pas-
sage of the leading LSW front@ t5186ms in Fig. 8~b!#. Sec-
ond, the perturbation of the second shock wave on the initial
bubble expansion largely disrupted the spherical geometry of
the bubbles, which appeared uneven at the boundary@ t
5190ms andt5260ms in Fig. 8~b!#. Third, although these
disrupted bubbles could continue to expand to a maximal
size, their subsequent collapse appeared to be very weak with
few microjets produced as a result of the secondary shock
wave-bubble interaction@ t5550ms in Fig. 8~b!#.

C. Stone comminution

Figure 9 shows the dose-dependent stone comminution
produced by the original HM-3 reflector at 20 kV and the
upgraded reflector at 24 kV, respectively. In both cases, a
progressive fragmentation of the BegoStone phantom was
produced as the number of shocks delivered increased. It is
noted that although only about 500 shocks were needed to
disintegrate each stone phantom into a distribution of frag-
ments of various sizes, a much higher number of shocks~up
to 1500 additional pulses! was required to reduce the frag-
ments to small and passable sizes. In comparison, the up-
graded reflector was found to produce a slightly higher num-
ber of large fragments than the original HM-3 reflector~Fig.
9!. This observation is expected because the upgraded reflec-
tor suppresses cavitation, which, in addition to its role in
vascular injury, is also critical for producing small and pass-
able fragments in SWL.36 Quantitatively, no statistically sig-
nificant difference in stone comminution was observed be-

tween the two reflector configurations when the exposure
was less than 500 shocks (p.0.05, Fig. 10!. From 500 to
1500 shocks, the original HM-3 reflector was found to pro-
duce better stone fragmentation than the upgraded reflector.
Yet, towards the end, after a typical clinical dose of 2000
shocks, stone comminution produced by the two reflector
configurations were again close to each other, i.e., 97.15
61.92% (mean6SD) for the original HM-3 reflector at 20
kV and 90.3561.96% for the upgraded reflector at 24 kV,
although the difference is statistically significant (p,0.02).

D. Rupture of vessel phantoms

Using the upgraded reflector with refined geometry, no
rupture of the hollow fiber vessel phantom could be pro-
duced around the lithotripter beam focus (210 mm,Dz2

,10 mm) even after 200 shocks at 24 kV@Fig. 11~a!#. In
comparison, consistent and spatial position-dependent rup-
ture of the vessel phantom was produced by the original
HM-3 reflector at both 20 and 24 kV.17 Previously, rupture of
the vessel phantom was produced using our prototype up-

FIG. 9. Photographs of BegoStone fragments after exposure to 50–2000 shocks produced by~a! the original HM-3 reflector at 20 kV and~b! the upgraded
reflector at 24 kV.

FIG. 10. Dose-dependent fragmentation efficiency produced by the original
HM-3 and upgraded reflector. The fragmentation efficiency was determined
by the weight percentage of fragments less than 2 mm in size following
shock wave treatment. A Student’st-test was performed to determine statis-
tically significant differences (p,0.05) between the results produced by the
original HM-3 reflector at 20 kV and that from the upgraded reflector at 24
kV. The significance levels~p values! are shown in the figure.
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graded reflector atDz2525 mm where the highest tensile
pressure was induced.17 Therefore, refinement of the reflector
geometry has resulted in further suppression of the large in-
traluminal bubble expansion around the lithotripter focus,
and concomitantly, a further reduction of the potential for
vascular injury in SWL.

The maximum bubble expansion produced inside a hol-
low fiber vessel phantom by the original HM-3 and upgraded
reflector was captured using the high-speed shadowgraph im-
aging system shown in Fig. 6. While substantial circumfer-
ential dilation of the vessel wall was observed using the
original HM-3 reflector, minimal dilation was produced by
the upgraded reflector@Figs. 11~c! and~d!#. This observation
is consistent with the significantly reduced potential for ves-
sel phantom rupture by the upgraded reflector@Fig. 11~a!#.
All together, these results suggest that compared to the origi-
nal HM-3 reflector, the upgraded reflector can produce satis-
factory stone comminution with greatly reduced potential for
vascular injury.

E. Bubble dynamics predicted by the Gilmore model

To confirm theoretically that the upgraded reflector can
suppress cavitation, bubble dynamics in response to the pres-
sure waveforms measured by the FOPH 300 atF2 were cal-
culated using the Gilmore model.8 No gas diffusion was con-

sidered in the model calculation because we were mainly
interested in the expansion phase of the bubble oscillation.17

The results, shown in Fig. 12~a!, revealed a dramatic reduc-
tion in the maximum bubble expansion. For the original
HM-3 reflector at 20 kV, a maximum bubble radius (Rmax) of
866mm with an associated collapse time (tc) of 163ms was
predicted. In comparison, corresponding values ofRmax

5161mm and tc512ms were predicted for the upgraded
reflector at 24 kV. Although the model prediction is compa-
rable to the experimental results~see Fig. 8! for the original
HM-3 reflector, there is an apparent discrepancy for the up-
graded reflector. This discrepancy may be caused in part by
the fact that a bubble induced in the acoustic field of the
upgraded HM-3 lithotripter tends to expand non-spherically
as a result ofin situ pulse superposition. In addition, the
variation in pressure waveform profile off-axis and away
from F2 may also contribute to the differences between the
theoretical prediction and experimental results. Nevertheless,
on a qualitative basis, both the theoretical prediction and the
experimental results strongly suggest that the upgraded re-
flector can significantly suppress bubble expansion and,
therefore, greatly reduce the propensity for vessel rupture in
SWL.23

From the phase diagram shown in Fig. 12~b!, it is noted
that the bubble expansion produced by both the original

FIG. 11. ~a! Relationship between the number of shocks to cause a rupture of a cellulose hollow fiber (Nr) and the axial position of the fiber in the lithotripter
field (n56). Here,Dz2 denotes the distance from the second focus of the original HM-3 reflector on thez axis (z2). A Student’st-test was performed for each
location between the results of 20 kV and 24 kV using the original HM-3 reflector. The significance levels~p-values! are shown in the figure,~b! a cellulose
hollow fiber (i.d.50.2 mm) at lithotripter focus before shock wave exposure, and~c! and ~d! maximum intraluminal bubble expansion produced by the
original HM-3 reflector at 20 kV and the upgraded reflector at 24 kV, respectively.
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HM-3 and the upgraded reflector reaches a maximal outward
speed at a bubble radius of about 80mm. Therefore, capil-
laries that have a typical inner diameter on the order of 10
mm are still at high risk for rupture due to intraluminal
bubble expansion even when the upgraded reflector is used.
However, the propensity for the rupture of small blood ves-
sels should be greatly reduced by the upgraded reflector.

V. DISCUSSION

By refining the geometry of the reflector insert, we have
strengthened the second shock wave and, consequently, fur-
ther suppressed the intraluminal expansion of cavitation
bubbles induced by LSW. Comparing to our prototype de-
sign, the refined reflector insert prevents the rupture of the
hollow fiber vessel phantom throughout a large area around
F2(210 mm,Dz2,10 mm) while maintaining satisfactory
stone comminution. In addition, we have demonstrated via
high-speed shadowgraph imaging that the second shock

wave significantly suppresses the initial bubble expansion
and reduces the dilation of the vessel wall by the intralumi-
nal bubbles. Based on the pressure waveforms measured by
using an optical fiber probe hydrophone, numerical simula-
tion of bubble dynamics also predicts a substantial reduction
in maximum bubble expansion due toin situ pulse superpo-
sition. All together, these findings corroborate the experimen-
tal observation that the upgraded reflector can greatly reduce
the propensity for vessel rupture. Furthermore, preliminary
results from animal studies have also demonstrated a signifi-
cant reduction in gross and microscopic renal injury using
the upgraded reflector.37 After a typical clinical dose of 2000
shocks, histology evaluation revealed more than threefold
reduction in tissue injury in the kidney treated by the up-
graded reflector at 24 kV, compared to that produced by the
original HM-3 reflector at 20 kV. Microscopically, although
extensive hemorrhages were produced throughout the thick-
ness of the kidney using the original HM-3 reflector, only
discrete microblooding spots were generated by the upgraded
reflector.37

Although the overall profile and sequence of the pres-
sure waveforms along the lithotripter axis can be evaluated
qualitatively by the Hamilton model, an accurate prediction
of the peak pressure at the beam focus will require the use of
nonlinear wave propagation models that also accounts for
thermoviscous absorption and dispersion in tissue.25–27How-
ever, an accurate description of the initial pressure distribu-
tion around the spark discharge atF1 needs to be determined
before one can use these nonlinear models to guide the op-
timization of the HM-3 reflector geometry to achieve the
most desirable bubble activity in SWL.27

Finally, it is interesting to note that the upgraded reflec-
tor produces slightly larger fragments than the original HM-3
reflector~see Figs. 9 and 10!. This finding is consistent with
the results of our recent study, which suggests that although
stress waves play an important role in the initial disintegra-
tion of kidney stones, cavitation is necessary to produce
small and passable fragments, which is most critical for the
success of clinical SWL.36 Because the upgraded reflector
suppresses cavitation, it has the tendency to produce larger
residual fragments and therefore reduce slightly~;7%! the
concomitant fragmentation efficiency after a clinical dose of
2000 shocks. Such a small loss in fragmentation efficiency,
however, may be compensated by selectively enhancing the
collapse of cavitation bubbles near the stone surface pro-
duced by the upgraded HM-3 lithotripter using an auxiliary
shock wave source, such as a piezoelectric annular array
shock wave generator.38

ACKNOWLEDGMENTS

This work was supported in part by NIH through Grants
Nos. RO1-DK52985 and RO1-DK58266. The authors are
grateful to Thomas Dreyer and Marko Liebler from Univer-
sität Karlsruhe, Germany for their help in pressure waveform
measurements using a fiber optic probe hydrophone~FOPH
300!. The authors are also grateful to Dr. Songlin Zhu, who
designed and fabricated the test chamber and set up the high-
speed imaging system in the HM-3 lithotripter.

FIG. 12. Computed bubble dynamics of a cavitation nucleus (R053 mm) in
response to the pressure waveforms measured at the lithotripter focus using
a fiber optic probe hydrophone~see Fig. 7!. ~a! Bubble radius~R! vs time
and ~b! phase plot of bubble wall velocity~U! vs R.
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An array of four hydrophones arranged in a symmetrical star configuration was used to measure the
echolocation signals of the Atlantic spotted dolphin~Stenella frontalis! in the Bahamas. The spacing
between the center hydrophone and the other hydrophones was 45.7 cm. A video camera was
attached to the array and a video tape recorder was time synchronized with the computer used to
digitize the acoustic signals. The echolocation signals had bi-modal frequency spectra with a
low-frequency peak between 40 and 50 kHz and a high-frequency peak between 110 and 130 kHz.
The low-frequency peak was dominant when the signal the source level was low and the
high-frequency peak dominated when the source level was high. Peak-to-peak source levels as high
as 210 dBre 1 mPa were measured. The source level varied in amplitude approximately as a
function of the one-way transmission loss for signals traveling from the animals to the array. The
characteristics of the signals were similar to those of captiveTursiops truncatus, Delphinapterus
leucasand Pseudorca crassidensmeasured in open waters under controlled conditions. ©2003
Acoustical Society of America.@DOI: 10.1121/1.1518980#

PACS numbers: 43.80.Ev, 43.80.Ka, 43.80.Jz@FD#

I. INTRODUCTION

The Bahama Islands are an archipelago in the tropical
West Atlantic east of Florida that are surrounded by deep
water while the Bahamas banks are relatively shallow
(,15 m). The banks are thick, submerged platforms of cal-
careous rock providing diverse habitats, including fringe and
patch reefs, atolls, grassy flats, and ledges. Since 1985, a
resident community of approximately 200 spotted and 200
bottlenose dolphins have been identified, sexed, and ob-
served in a variety of behavioral contexts in this area~see
Fig. 1!. Basic life history and age class categories for the
Atlantic spotted dolphin,S. frontalis, have been described
~Herzing, 1997!. Underwater behavior and correlated sound
~narrow-band frequency,20 kHz) have also been described
including sounds correlated with~1! contact/reunion
~whistles!, ~2! excitement/distress~whistle-squawks!, ~3!
pursuit/herding~buzzes!, ~4! aggression~burst-pulses!, ~5!
group synchrony~synch pulses!, ~6! interspecific interactions
~barks, screams, squawks!, ~7! nonvocal sounds~tail-slaps!,
and ~8! foraging/feeding ~echolocation clicks! ~Herzing,
1996, 2000!. Previous studies on the behavior and sound
production ofS. frontalisin captivity also exist~Wood, 1953;
Caldwell and Caldwell, 1966, 1971; Caldwellet al., 1973!.

The echolocation signals used byS. frontalisin the Ba-
hama banks, measured on a broadband basis, will be consid-
ered in this paper. The echolocation characteristics of del-
phinid species have been studied primarily in captivity~Au,

1993!. Measurements from stationary dolphins in captivity
have shown that echolocation clicks are emitted in a direc-
tional beam and signals measured off-axis are distorted with
respect to the signals measured along the major axis of the
beam. Therefore, it is very difficult to obtain accurate mea-
surements of free-ranging, fast moving dolphins in the wild.
Another complicating factor is associated with the broadband
nature of echolocation signals and the possibility that the
center frequency of echolocation clicks tends to vary with
the intensity of the emitted clicks. Auet al. ~1985! found that
higher intensity clicks emitted by a beluga whale~Delphi-
napterus leucas! in Hawaii had higher frequencies than the
lower intensity clicks used by the same animal in San Diego
Bay. Au et al. ~1995! also found a nearly linear relationship
between the center frequency and source level of a false
killer whale~Pseudora crassidens!, i.e., the higher the source
level, the higher the center frequency of the emitted clicks.
Therefore, any measurements of the spectra of echolocation
clicks should be accompanied by an estimate of the source
levels.

II. PROCEDURE

A. Measurement system

A four-hydrophone array with the hudrophones arranged
as a symmetrical star was used to measure the echolocation
signals of S. frontalis. Such a sensor geometry was used
successfully by Aubauer~1995! in tracking echolocating bats
in the field. The array structure resembled the letter ‘‘Y,’’
with each arm being 45.7 cm in length and separated by an
angle of 120 degrees as shown in Fig. 2. The arms of the

a!Electronic mail: wau@hawaii.edu
b!Electronic mail: wilddolphin@igc.org
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array were constructed out of 1.27-cm o.d. PVC pipe with a
spherical hydrophone connected to the end of each pipe and
the cable running through the center of the pipe. Another
hydrophone was connected at the geometric center of the
‘‘Y.’’ The PVC pipes fit into holes drilled into a 2.54-cm-
thick delrin plate. The range of a sound source can be deter-
mined by measuring the time of arrival differences between
the signal at the center and the three other hydrophones. If
the arrival time difference between the center and the other
hydrophones is denoted ast0i , wherei 51, 2, and 3, then the
range,R, of the source can be expressed as~see Appendix!

R5
c2~t01

2 1t02
2 1t03

2 !23a2

2c~t011t021t03!
, ~1!

wherec is the speed of sound, anda is the distance between
the center and the other hydrophones.

An underwater housing connected to the back of the
hydrophone mounting plate contained an amplifier and line-
driver for each of the hydrophones. A CCD video camera in
an underwater housing was mounted next to the center hy-
drophone. A multi-conductor cable, 77 m in length, consist-
ing of five coaxial lines and two d.c. power lines, connected
the array to an adjustable amplifier-filter box containing a
power supply.

Echolocation signals were digitized with two Gage-
1210, 12 bit dual simultaneous sampling data acquisition
boards that were connected to a ‘‘lunch box’’ computer via
two EISA slots. The data acquisition system operated at a
sample rate of 500 kHz with a pretrigger capability. When
the computer signaled the Gage-1210 to collect data, four
channels of acoustic signals were simultaneously and con-
tinuously digitized with the results going into separate circu-
lar memories on each Gage-1210 board. When an echoloca-
tion signal was detected by the center hydrophone, it
triggered the data acquisition board. Two hundred pretrig-
gered points and two hundred posttrigger points were col-
lected for each channel and downloaded into the computer. A
total of 80 clicks could be downloaded for each episode be-
fore the data had to be stored on the hard drive. A specially
constructed ISA board was also used to measure the time
interval between the clicks being acquired and to cause a
light-emitting diode to flash, indicating that clicks were be-
ing captured. The interclick interval data was also down-
loaded and stored on the hard drive. The time of capture~to
the closest 18-ms interval of the computer timing system! of
each click was also saved and stored on the hard drive. The
clock on a portable VCR was synchronized to the computer’s
clock so that the video images could be synchronized with
the acoustic data.

B. Acoustic measurements

Measurement of echolocation signals was conducted
from the Wild Dolphin Project’s 60-ft power catamaran,

FIG. 1. Map of the study site in the
banks area of the Bahama Island.

FIG. 2. Schematic diagram of the four-hydrophone symmetrical star array
along with a video camera on a pole.
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Stenella. A map of the field site showing the Bahama bank
where the study was conducted is shown in Fig. 1. All the
electronics including the lunch-box computer and video tape
recorder were housed on the deck of the catamaran. The field
work was performed in the summers of 1996 and 1997.

The four-hydrophone array was deployed by two meth-
ods. In the first method, the array was connected to a 1-m
long, 2.54-cm o.d. aluminum pipe with a handle grip at one
end of the pipe. Dolphins were first located by patrolling the
sandbank, an area of approximately 644 km2. When the ani-
mals were located, the speed of the catamaran was reduced,
and the dolphins were encouraged to bow ride for a short
period while swimmers prepared to enter the water. The en-
gine of the catamaran was then placed into idle and swim-
mers entered the water equipped with swim fins and snor-
kels. The array was then handed over to one of the swimmers
who then swam towards the dolphins. At the same time, an
operator controlled the data acquisition sequence by arming
the computer to start the data acquisition process and by
starting the video tape recorder.

The second method involved positioning the catamaran
at night along the edge of the drop-off from the sandbank to
deeper waters. A spotlight was directed into the water next to
the catamaran, attracting various small fishes and squid to
the surface. Spotted dolphins were also attracted by either
the spotlight or the congregation of micronekton. The array
was attached to a 3-m-long aluminum pole and placed in the
water along side the boat close to where the spotlight inter-
sected the water’s surface. The center of the array was low-
ered to a depth of 1 to 1.5 m below the surface. Spotted
dolphins often milled about 20–30 m from the boat foraging
on prey, and also made ‘‘runs’’ into the lit area towards the
array, continuously echolocating as they did so.

III. RESULTS

A total of 43 files of echolocation clicks were collected
on three field trips. The quantity of data collected was lim-
ited by periods of equipment malfunction requiring repair.
There were also occasions when a dolphin approached the
array only a few degrees from the plane of the array so that
one of the hydrophones would not detect the click because of
the direction of the animal’s beam. The number of clicks
collected per file varied considerably from as low as 3 to a
high of 80, the maximum number of clicks that the system
could handle. Only echolocation events in which the ampli-
tude of the signals received by the center hydrophone was
either the highest or within 3 dB of the highest were accepted
for analysis. This criterion was chosen to ensure that a dol-
phin beam was directed at the array. The beam patterns mea-
sured for three different odontocete species~Au, 1993; Au
et al., 1995! indicate that when the major axis of the beam is
directed to within65 degrees of the center hydrophone, the
signal received by the center hydrophone will either have the
highest or will be within 3 dB of the highest amplitude. A
total of 1277 clicks met the appropriate criterion.

Three typical types of clicks are shown in Fig. 3 with the
signal waveforms on the right and the frequency spectra on
the left. These clicks are very brief, generally less than 70ms
in duration, with broad frequency spectra. Clicks with bimo-

dal spectra are obvious in the spectra plots. Some of the
bimodal spectra have relatively high peak frequencies
(.80 kHz) whereas some have low peak frequencies
(,40 kHz). The majority (;80%) of the clicks examined
had bimodal spectra. The click waveforms resemble those
used by other odontocetes such asTursiops truncatus, Del-
phinapterus leucas~Au, 1993!, Pseudora crassidens~Au
et al., 1995!, andLagoringcus albirostris~Rasmussenet al.,
2002!.

The peak-to-peak source level as a function of range
between an echolocating dolphin and the array is shown in
Fig. 4. As the dolphin’s range to the array decreased, the
source level also decreased. The solid curve in Fig. 4 is a
regression curve represented by the equation

SL5185.3120 log~R! ~2!

and has anr 2 value of 0.52, where SL is the source level in
dB re 1 mPa andR is the range in meters. The decrease in

FIG. 3. Examples of the some representative waveforms and frequency
spectra emitted byStenella frontalisin the Bahamas banks.

FIG. 4. Scatter plot of source level as a function of the range between an
echolocating dolphin and the hydrophone array. The solid curve represents
the one-way spherical spreading curve-fitted to the data in a least-square
fashion withr 250.56.
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SL corresponded to the decrease in the one-way spherical
spreading loss. Therefore, the amplitude of the echoes return-
ing to the dolphins increased in magnitude as the range de-
creased, suggesting that the dolphins prefer to receive echoes
that have increasing signal-to-noise. The results also suggest
that the dolphins were echolocating on the hydrophone array
and not on some other objects since the source level de-
creased as the range to the array decreased. Also, the inter-
click intervals were always greater than the two-way travel
time from the animals to the array and back, which is con-
sistent with the notion that the dolphins were echolocating on
the array. The fitted curve was constrained to vary as
20 logR, however, the ‘‘best-fit’’ logarithm’s curve would be
very similar to the 20 logR fit and the difference inr 2 would
be in the third decimal place.

The distributions of peak and center frequencies of the
echolocation signals are shown in Fig. 5. Peak frequency is
defined as the frequency at which the frequency spectrum of
a signal has its maximum amplitude. Center frequency is
defined as that frequency which divides the energy in a fre-
quency spectrum into two equal parts; it is defined math-
ematically as

f o5
*0

` f uS~ f !u2d f

*0
`uS~ f !u2d f

, ~3!

whereS( f ) is the Fourier transform of the echolocation sig-
nal andf is the instantaneous frequency. Seventy-six percent
of the signals had center frequencies greater than 50 kHz and
23% had center frequencies greater than 80 kHz. The center
frequency extends to much higher frequencies than the peak
frequency and this property is indicative of signals with bi-
modal spectra. Eighty percent of the echolocation clicks had
bimodal spectra in which the amplitudes of the secondary
peaks were within 50% of the amplitude of the primary peak.
Therefore, center frequency is a more representative measure
of signals with bimodal spectra~Au et al., 1995!.

The variation of the center frequency as a function of the
source level is shown in Fig. 6. A third order polynomial
regression with anr 2 value of 0.14 is also shown in the
figure. The regression line suggests that the center frequency
in independent of the source level for levels lower than 200
dB re 1 mPa. However, as the source level increases beyond
205 dB, the center frequency also increases. If only signals
with source levels equal to or greater than 205 dB are con-
sidered, the dependence of center frequency on source level
becomes stronger with anr 2 value of 0.25. The dependence
of the center frequency on source level is weaker than for
Pseudora crassidens~Au et al., 1995! where a linear regres-
sion line has anr 2 value of 0.44.

Histograms of the 3-dB bandwidth and the rms band-
width are shown in Fig. 7. The 3-dB bandwidth is the width
of the frequency band between the two points that are 3-dB
lower than the maximum amplitude of a spectrum. The 3-dB
points are also referred to as the half-power points. The rms
bandwidth is a measure of the frequency width about the

FIG. 5. Histograms of peak and center frequencies of echolocation signals.

FIG. 6. Scatter plot of center frequency versus source level. A third-order
polynomial is fitted for all data and has anr 2 value of 0.14 while a linear
regression curve is shown for source levels greater than and equal to 205 dB
with r 250.25.

FIG. 7. Histograms of 3-dB and rms bandwidth of echolocation signals.
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center frequency. It is defined as~Rihaczek, 1969!

b5
*0

`~ f 2 f o!2uS~ f !u2d f

*0
`uS~ f !u2d f

, ~4!

where f o is the center frequency given in Eq.~3!. The 3-dB
bandwidth for bimodal spectra can often provide a misrepre-
sentation of the width of the signal since the bandwidth
might cover only the frequency range about the peak fre-
quency. The rms bandwidth is probably a better measure of
the width of signals with bimodal spectra. The histograms
clearly show higher values for the rms bandwidth than the
3-dB bandwidth.

A scatter plot of rms bandwidth as a function of center
frequency along with a linear regression line is shown in Fig.
8. The linear regression has a relatively highr 2 value of
0.44, indicating a strong relationship between rms bandwith
and center frequency. As the frequency increased, the band-
width also increased almost linearly. The range or temporal
resolution of a signal is related to the inverse of the band-
width so that the wider the bandwidth, the smaller the tem-
poral resolution capability of the signal~Burdic, 1969!.

IV. DISCUSSION AND CONCLUSIONS

Atlantic spotted dolphin ~Stenella frontalis! project
broadband, short duration echolocation signals similar to
those of other odontocetes. Most of the signals have a bimo-
dal frequency distribution, which also contributes to the
broadband nature of the signals. The broad bandwidth of the
echolocation signal provides a good range resolution capa-
bility ~Au, 1993! that should enableStenella frontalisto be
able to perform fine target discrimination in a shallow water
environment where bottom reverberation can be trouble-
some. Spotted dolphin also project relatively high-amplitude
signals with maximum source level measured about 223 dB
re 1 mPa, although most of the source levels were between
200 and 210 dBre 1 mPa.

The peak-to-peak source levels measured forStenella
frontalis are comparable to those measured forTursiops trun-
catus in open-water captive echolocation experiments~Au,
1980, 1993!, for comparable target ranges. For target ranges
between 6 and 20 m,Tursiops source levels varied from
about 204 to 216 dBre 1 mPa, which are similar to that of

Stenella frontalis. However, there is a large difference be-
tween the target strengths of targets used in the echolocation
experiments forTursiopsand the target strength of the array
assembly used to measure signals in the field. Although the
target strength of the array was not measured, the theoretical
target strength of an aluminum pipe, connected to a flat
plexiglass container mounted on a flat delrin plate along with
a camera holder, should be approximately 15–20 dB greater
than the small cylinders and spheres used in theTursiops
experiments~Au, 1980, 1993!. This comparison suggests the
importance of range on the source levels utilized by dol-
phins. Despite the higher target strength of the array, the
spotted dolphins emitted similar levels of echolocation sig-
nals asTursiops echolocating on much weaker targets at
similar ranges.

The variation of source level as a function of the one-
way transmission loss is similar to that of the white beaked
dolphin, Lagenorhynchus albirostris~Rasmussenet al.,
2002! and killer whales,Orcinus orca~Au et al., 2001!. This
type of variation in source levels is also similar to variations
found with captive dolphins. If the data shown in Fig. 7.14 of
Au ~1993! are rearranged into a plot of source level versus
range, the variation with range will also be a function of the
one-way transmission loss.

Our results suggest that several basic signal parameters
are interrelated in a complex relationship. Source level is
dependent on target range, center frequency is dependent on
source level~at least for source levels greater than 205 dB!,
and rms bandwidth is dependent on center frequency. How-
ever, it seems that the most basic parameter in this interrela-
tionship is target range. Therefore, it is important to be able
to ascertain the range of echolocating dolphins when mea-
suring echolocation signals, even for on-axis signals.

The results of this study also clearly demonstrate the
utility of using a multi-hydrophone array to measure echolo-
cation signals of dolphins in the wild. The symmetrical star
array used in this study is relatively compact and easy to
handle, and can provide information on whether a specific
received echolocation signal originated in the vicinity of the
major axis of the animal’s transmission beam. Time of ar-
rival differences between hydrophones were easily ascer-
tained because of the rapid onset of the echolocation signals.
Our results suggest that it is very difficult to obtain reliable
data on echolocation signals without the use of some kind of
array.

ACKNOWLEDGMENTS

Grateful thanks are given to the crew and staff of the
Wild Dolphin Project. Special thanks to Lisa Harrod, Alice
and Ed Crawford, Randy and Michelle Wells, Will Engleby,
and Tim Barrett. The senior author thanks Dr. Roland
Aubauer for his suggestion of using a symmetrical star ge-
ometry and for various discussions associated with his re-
search on detection flying bats. The assistance of Michiel
Schotten in testing and calibrating the array is also appreci-
ated. This work was conducted under Bahamas Department
of Fisheries Research Permit No. MAF/FIS 12 and funded
by the Office of Naval Research, Dr. Robert Gisiner, pro-
gram manager. This is HIMB Contribution No. 1136.

FIG. 8. Scatter plot of rms bandwidth versus center frequency. The linear
regression line has anr 2 of 0.44.

602 J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 W. W. L. Au and D. L. Herzing: Atlantic spotted dolphin echolocation



APPENDIX

Let us consider the four hydrophone array with on the
x-y plane and a sound source located at coordinates
(Sx ,Sy ,Sz) as shown in Fig. 9. LetRi be the range from the
source to thei th hydrophone, wherei 51,2,3. Then the range
to each hydrophone can be expressed by the equation

Sx
21Sy

21Sz
25R25c2to

2,

~Sx2 la !21~Sy2a/2!21Sz
25R1

25c2~ t02t01!
2,

~A1!
~Sx1 la !21~Sy2a/2!21Sz

25R2
25c2~ t02t02!

2,

Sx
21~Sy1a!21Sz

25R3
25c2~ t02t03!

2,

where c is the speed of sound in water,t0i is the time of
arrival difference between the center hydrophone and thei th
hydrophone, andl 5)/25cos 30°. Using the technique of
Watkins and Schevill~1972!, the top equation of the system
of equations in~A1! is subtracted from the other equations to
give ~after some rearranging!

22laSx2aSy12c2t01t05c2t01
2 2a2,

2laSx2aSx12c2t01t05c2t02
2 2a2, ~A2!

2aSy12c2t03t05c2t03
2 2a2.

This is a system of three equations with three unknowns.
There are a variety of methods to solve for the unknownsSx ,
Sy , and t0 . The equations of~A2! can be expressed in a
matrix format as

S 22la 2a 2c2t02

2la 2a 2c2t02

0 2a 2c2t03

D S Sx

Sy

t0

D 5S c2t01
2 2a2

c2t02
2 2a2

c2t03
2 2a2

D . ~A3!

Using Cramer’s rule~Kreyszig, 1983! we can solve fort0 by
solving the determinant equation

t05

U22la 2a c2t01
2 2a2

2la 2a c2t02
2 2a2

0 2a c2t03
2 2a2

U
D

, ~A4!

whereD is the characteristic determinant defined by

D5U22la 2a 2c2t01

2la 2a 2c2t02

0 2a 2c2t31

U58la2c2@t011t21t03#.

~A5!

Solving the determinant in Eq.~A4! for t0 using the relation-
ship ofR5t0c, we obtain the equation for the range from the
source to the center hydrophone in the array as

R5
c2@t01

2 1t02
2 1t03

2 #23a2

2c@t011t021t03#
. ~A6!

For a given set of delay times, solutions forSz will have a6
ambiguity, indicating that the source can be either above or
below theX-Y plane of Fig. 9.

The accuracy of using the symmetrical star array to de-
termine the range of a sound source was measured by pro-
jecting a simulated dolphin echolocation signal at different
ranges from the array and using Eq.~A6! to estimate the
range. The results of the measurements shown in Fig. 10
suggest that this technique can give very accurate results out
to about 17.5 m. Ten pings were measured at each range. If
the purpose of estimatingR is to obtain the transmission loss
due to spherical spreading, then the difference in the esti-
mated and actual ranges will result in only a 1.2-dB error for
an actual range of 25 m.
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Echolocation in the Risso’s dolphin, Grampus griseus
Jennifer D. Philips,a) Paul E. Nachtigall, Whitlow W. L. Au, Jeffrey L. Pawloski, and
Herbert L. Roitblat
Marine Mammal Research Program, Hawaii Institute of Marine Biology, P.O. Box 1106, Kailua,
Hawaii 96734

~Received 27 June 2001; accepted for publication 11 October 2002!

The Risso’s dolphin~Grampus griseus! is an exclusively cephalopod-consuming delphinid with a
distinctive vertical indentation along its forehead. To investigate whether or not the species
echolocates, a female Risso’s dolphin was trained to discriminate an aluminum cylinder from a
nylon sphere~experiment 1! or an aluminum sphere~experiment 2! while wearing eyecups and free
swimming in an open-water pen in Kaneohe Bay, Hawaii. The dolphin completed the task with little
difficulty despite being blindfolded. Clicks emitted by the dolphin were acquired at average
amplitudes of 192.6 dBre 1 mPa, with estimated sources levels up to 216 dBre 1 mPa-1 m. Clicks
were acquired with peak frequencies as high as 104.7 kHz (M f p

547.9 kHz), center frequencies as
high as 85.7 kHz (M f 0

556.5 kHz), 3-dB bandwidths up to 94.1 kHz (MBW539.7 kHz), and
root-mean-square bandwidths up to 32.8 kHz (MRMS523.3 kHz). Click durations were between 40
and 70ms. The data establish that the Risso’s dolphin echolocates, and that, aside from slightly
lower amplitudes and frequencies, the clicks emitted by the dolphin were similar to those emitted by
other echolocating odontocetes. The particular acoustic and behavioral findings in the study are
discussed with respect to the possible direction of the sonar transmission beam of the species.
© 2003 Acoustical Society of America.@DOI: 10.1121/1.1527964#

PACS numbers: 43.80.Ka, 43.80.Jz@FD#

I. INTRODUCTION

The Risso’s dolphin~Grampus griseus! is a relatively
little-known member of the delphinid family that occurs gre-
gariously in predominantly temperate and tropical deep wa-
ters near continental shelf-edges and submarine canyons
~Baumgartner, 1997; Leatherwoodet al., 1980!. The species
has an appearance very unlike that of other delphinids~Fig.
1!. It is relatively large~to 4 m inlength!, with a robust body
form compared to other delphinids, and has a squared head
with few teeth and no beak~Fig. 1!. It also has a unique
vertical indentation along its forehead, extending from the
top of the anterior surface of the forehead down to the tip of
the upper jaw~Leatherwoodet al., 1983!. This indented fore-
head is markedly different from the smoothly rounded fore-
heads of other odontocete species. Because the smooth cur-
vature and rounded shape of the typical odontocete forehead
and melon are thought to be acoustically important for the
directional propagation of an outgoing sonar pulse~Litch-
field et al., 1979; Norris, 1968!, an indentation in the Risso’s
dolphin’s forehead could be functionally important for the
sonar of the species.

The acoustic repertoire of the Risso’s dolphin has been
only briefly described. Caldwellet al. ~1969! recorded
whistles from a captive subadult male Risso’s dolphin, and
whistles and pulsed sounds have often been recorded in the
presence of Risso’s dolphins in captivity and in the wild
~e.g., Corkeron and Van Parijs, 2001!. Au ~1993! reported an
analysis of the frequency and amplitude characteristics of the
sonarlike pulsed sounds~clicks! emitted by a captive Risso’s

dolphin during training sessions. The clicks had peak fre-
quencies of 65 kHz, 3-dB bandwidths of 72 kHz, and dura-
tions of 40–100ms, generally consistent with the echoloca-
tion clicks emitted by other delphinid species. Although
these data suggest that the Risso’s dolphin produces echolo-
cation signals, no controlled experiment was completed to
demonstrate that the species actually uses these clicks as part
of a biological sonar system.

Philips et al. ~in press! analyzed the clicks emitted by a
captive Risso’s dolphin and found additional putative evi-
dence of echolocation ability in the species. In that study, we
trained a blindfolded dolphin to swim to and touch an under-
water object and used a four-hydrophone array to record the
clicks emitted by the dolphin during its approach. The clicks
had peak frequencies up to 50 kHz, 3-dB bandwidths up to
35 kHz, durations of 35–75ms, and source levels up to 208
dB re 1 mPa. However, although the animal was able to
complete the basic task, the study was a preliminary investi-
gation and therefore did not use the psychophysical method-
ology necessary to ensure that the animal’s performance was
not due to behavioral response bias or potential nonsonar
response cues. Therefore, we were unable to conclude that
the species possesses a sonar system.

Other evidence suggests that Risso’s dolphins echolo-
cate. The species has the same asymmetrical sound produc-
tion anatomy~i.e., phonic lips/dorsal bursae complex; Cran-
ford, 1988; Cranford et al., 1996! found in other
echolocating odontocete species, suggesting that it has the
capability of producing the high-frequency clicks used for
echolocation. The pulsed sounds recorded by Au~1993! and
Philips et al. ~in press! corroborate that suggestion. It also
appears that the Risso’s dolphin is capable of hearing higha!Electronic mail: jphilips@hawaii.edu
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frequencies to 80 kHz, as are other odontocetes~Nachtigall
et al., 1995!; a high-frequency hearing system likely evolved
along with an active high-frequency echolocation system in
dolphins~Nachtigallet al., 2000!.

Risso’s dolphins in the wild feed nearly exclusively on
cephalopods~including squid, octopus, and cuttlefish; Clarke
and Pascoe, 1985; Clarke and Young, 1998; Cockcroftet al.,
1993; Wurtzet al., 1992!. Unlike most fish species preyed
upon by other echolocating dolphins, cephalopods do not
contain gas-filled swimbladders, the feature in many fish spe-
cies believed to be responsible for the majority of the energy
returned in a reflected sonar signal~Foote, 1980!. As a result,
the acoustic target strength of a squid is considerably lower
~from 18 to 25 dB lower! than that of swimbladder possess-
ing fish ~Jeffertset al., 1987; MacLennan and Simmonds,
1992; Penrose and Kaye, 1979!. The cephalopod is probably,
therefore, a more difficult sonar target for the echolocating
dolphin than is a fish with an gas-filled swim bladder. Al-
though cephalopods make up a portion of the diets of many
species of odontocetes, only 13 species of odontocetes~7
Zipphiidae, 2 Physeteridae, 1 Phocoenidae, 1 Globicephal-
idae, and 2 Delphinidae! consume cephalopods exclusively
~Clark, 1986!. Of these species, none has been investigated
in the laboratory for the ability to echolocate, and only two,
the Dall’s porpoise~Hatekeyama and Soide, 1990! and the
short-finned pilot whale~Wood and Evans, 1980!, have been
observed in relatively uncontrolled situations to produce
clicklike sounds while performing tasks that appeared to re-
quire a biosonar sensory system. The unique problems faced
by any exclusively cephalopod-consuming odontocete using
echolocation to locate its prey may have led to specializa-
tions in its sonar system relative to that of fish-eating dol-
phins.

The present study was undertaken to~1! determine ex-
perimentally if the Risso’s dolphin echolocates and~2! de-
scribe the sonar clicks emitted by the species.

II. METHODS

A. Subject

The subject of the study was an older, female Risso’s
dolphin named Hana, housed at the Marine Mammal Re-
search Program~MMRP! facilities at the Hawaii Institute of
Marine Biology~HIMB ! in Kaneohe Bay, Oahu, Hawaii. Her
age was unknown, though numerous markings, white-overall
coloration and the worn-down appearance of her teeth sug-
gested that she was mature and perhaps already relatively old
at the time of her 1989 capture. At the time of the study
~conducted July to September 1999!, the dolphin weighed
295 kg and measured 2.82 m in length. The dolphin suddenly
died following the conclusion of the study~September
1999!; the dolphin’s sudden death prevented the continuation
of a second phase of the study, and there are no other Risso’s
dolphins known to be in captivity at any research facility.

The dolphin in this study was the subject of a previous
psychometric hearing experiment, in which her hearing sen-
sitivity for frequencies to 80 kHz was found to be similar to
that of other delphinid species at those frequencies, with no
apparent hearing loss~Nachtigall et al., 1995!. The dolphin
was also the subject of a preliminary, training-phase echolo-
cation study~Philips et al., in press! which measured the
sonar clicks she emitted while blind-folded and swimming
toward a submerged training target.

B. Experimental apparatus and procedure

The dolphin was trained to perform a target-
discrimination task while free-swimming in a 9312-m2

open-water pen. The choice was made to use a free-
swimming methodology, rather than the more conventional
methodology in which the dolphin is trained to position itself
in or on an underwater stationary apparatus~such as a hoop
or bite plate!, after difficulties were encountered during the
training phase of the study. Although standard training meth-
ods for psychophysical experiments were used to introduce
the dolphin to the novel echolocation task involved in the
study, the dolphin had unusual difficulty learning the hoop-
based task. To investigate the possibility that the confined
physical setup of the stationary hoop apparatus during train-
ing was somehow negatively affecting her performance, the
choice was made to allow the dolphin to swim freely in the
pen for this phase of study; analysis of echolocation signals
from free-swimming odontocetes has been done in a variety
of recent studies~e.g., Verfusset al., 1998; Rasmussenet al.,
2002!.

The dolphin’s task was to discriminate a hollow alumi-
num cylinder @‘‘standard’’ target—12.7-cm length, 3.7-cm
outer diameter, and 0.6-cm wall thickness, target strength
~TS!>221 dB1# from a solid nylon~experiment 1! or alumi-
num ~experiment 2! sphere~‘‘comparison’’ targets—both 7.6
cm in diameter, TS>234 dB!, and indicate her choice by
swimming to the target and touching it directly with her
rostrum/melon. The standard and comparison targets for each
experiment were suspended on monofilament line from op-
posite ends of a 1-m PVC pole, and were placed into the
water at 1-m depth during each trial. The standard target was
presented in each trial to the left or right of the comparison

FIG. 1. The Risso’s dolphin~Grampus griseus!, showing the species’ unique
physical appearance, characteristic squared head, and indented forehead.
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sphere, with the center point of the targets at a fixed position,
following a blocked-Gellermann sequence~Gellermann,
1933!, with ten sessions of 50 trials~five blocks of ten trials
each! conducted in each experiment. The dolphin was trained
to voluntarily accept eyecups placed over her eyes, ensuring
that she could not use vision to perform the target discrimi-
nation. The first ten trials~one block! of each session were
performed without eyecups covering the dolphin’s eyes to
ensure that she was motivated to participate before placing
the eyecups. After trial 10, the eyecups were placed over her
eyes and remained in place until the end of the session.

Experimental sessions began with the dolphin stationed
in the water directly below the trainer~T; Fig. 2!. On a com-
mand from the trainer, the dolphin~wearing eyecups! then
left the starting station and swam away from the trainer,
marking the start of the experimental portion of the session.
As the dolphin swam away, the trainer placed the targets into
the water below him~the ‘‘target area’’! with the standard
target~aluminum cylinder! on the dolphin’s left or right. In
experiment 1 ~aluminum cylinder standard versus nylon
sphere comparison!, the trainer held the targets in place at
1-m depth by holding the center of the PVC pole. In experi-
ment 2~aluminum cylinder standard versus aluminum sphere
comparison!, the trainer lowered the targets into the water to
1-m depth by tilting the arm of a deck-mounted target pre-
sentation rack to its down position~Fig. 2, inset!. The dol-
phin swam to a variable distance away from the trainer~ap-
proximately 2- to 5-m range!, looped around, and swam back
toward the target area. As she approached the targets, she
located the position of the standard target, swam toward it,
and touched it directly with her rostrum/melon. A successful
response to the standard cylinder was rewarded with a squid
~Loligo opalescens!. Incorrect responses were not rewarded.
The targets were then completely removed from the water
~either by the trainer pulling the target apparatus completely
out of the water, or by tilting the arm of the target mount
apparatus up!. Pulling the targets out of the water signaled
the dolphin to begin the next trial by again swimming away
from the target area. The targets were then reinserted into the
water, marking the start of the next trial. The dolphin was

trained to continue uninterrupted through the entire session
~50 trials!, leaving the target area as soon as the targets had
been removed from the water after the previous trial.

An underwater video camera was used to record the dol-
phin’s behavior as she approached the targets. The camera
was positioned to view directly out from the target area to-
ward the approaching dolphin and was centered between the
two targets at a depth of 0.4 m. Time to the nearest second
was stamped on the video and was used to roughly synchro-
nize the video recordings of the dolphin’s approach with the
click-data acquisition. Clicks acquired early or late in her
approach could therefore be roughly correlated with her be-
havior at that approximate time. The video recordings were
useful during data analysis for observing the dolphin’s be-
havior as she performed the target discrimination task.

C. Experimental control methods

Numerous measures were taken during all experimental
sessions to ensure that the dolphin’s performance was not
influenced by unknown behavioral bias or external cues. For
example, eyecups to occlude the dolphin’s use of vision were
used in all experimental trials, and standard psychophysical
methods were used~e.g., blocked-Gellermann presentation
of the standard target, two-alternative forced-choice proce-
dure for target presentation!. In addition to these measures,
two specially designed control sessions were conducted
~controls 1 and 2! in which additional efforts were made to
ensure that the dolphin’s performance was not externally in-
fluenced. First, the deck-mounted target rack was introduced
in control 1 and was used throughout experiment 2, and en-
sured that the targets were not moved once they were placed
at 1-m depth during trials. The introduction of the target rack
midway through sessions~during control 1 at the start of
experiment 2! was useful for determining if such movement
cues were assisting the dolphin during previous sessions in
which the trainer held the target apparatus. Second, during
both controls 1 and 2, the trainer normally presenting the
targets was replaced by a different person. Using a novel
target presenter helped ensure that the dolphin had not been
receiving cueing information from the usual presenter’s ha-
bitual body patterns during trials~e.g., arm movements that
might have pointed toward the standard target!. Third, the
novel target presenter was rendered ‘‘blind’’ during the sec-
ond of these sessions~control 2!; she wore opaque goggles,
was not told the trial condition, and was therefore unable to
cue the dolphin. Any decline in the dolphin’s behavioral per-
formance when these control measures were used would
have indicated that she might have been using external cues
unrelated to her active sonar to assist her during normal ses-
sions.

D. Electronic apparatus

Sonar clicks emitted by the dolphin during her approach
toward the targets were acquired using a Bru¨el and Kjaer
8103 hydrophone placed 0.5 m behind the center point be-
tween the two targets, at 1-m depth. The hydrophone was
placed between the two targets, and not directly behind the
standard target, because the dolphin was observed to move

FIG. 2. Experimental apparatus. Targets were suspended from the ends of a
1-m PVC pole, which was either held in the hands of the trainer~T! in
experiment 1, or mounted onto a stationary rack in experiment 2~inset; the
rack was attached to the deck where the trainer had been positioned in
experiment 1!. The dolphin wore eyecups and was allowed to swim freely in
the open-water pen during sessions. She typically swam a general loop-
shaped pattern, swimming away from the ‘‘target area’’ at the start of a trial,
looping around at about 2- to 5-m range and returning toward the targets to
locate the standard cylinder.
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her head considerably during preliminary trials—she
scanned her head back and forth between the targets often
multiple times during each approach. Because her sonar
beam was not focused toward either target during her ap-
proach, the click acquisition hydrophone was placed between
the two targets to optimize the acquisition of the clicks she
emitted during her discrimination of the two targets.~Addi-
tionally, placing the hydrophone consistently behind the stan-
dard would have cued the dolphin to the standard target’s
location.! The hydrophone had a flat frequency response~62
dB! up to 150 kHz, with a free-field sensitivity of2211 dB
re 1 V/mPa at 100 kHz. Signals received at the hydrophone
were amplified by a 15-dB in-line preamplifier, filtered with
high- and low-pass filters~200 kHz low pass and 500 Hz
high pass!, and amplified by a custom-built preamplifier set
to 18-dB input gain. When the amplitude of an input signal
exceeded a user-set threshold~trigger point!, the signal was
passed to a digital signal processor~DSP! ~Fulcrum DT3809,
12-bit, 610 V A/D board! and digitized at a sample rate of 1
MHz. Forty-eight pretrigger and 80 posttrigger sample points
of each click~128-points per click! were digitized and saved
sequentially to a memory buffer on the acquisition board.
Time intervals between clicks~i.e., interclick intervals! were
measured and saved to the memory buffer between each pair
of clicks. At the end of each trial, the memory buffer was
saved to a unique file for each trial. Data acquisition by the
DSP system was controlled both by on-board software run-
ning under the SPOX operating system and through a
custom-written user-interface operating in the MS-DOS en-
vironment on a host personal computer.

E. Click analysis

Because the dolphin was allowed to swim freely while
performing the task, the clicks collected during her approach
were very likely acquired from both directly on and off the
axis of her sonar transmission beam. Echolocation clicks ac-
quired from off the beam propagation axis are distorted rela-
tive to the source click, with lower peak frequencies and
lower amplitude levels than clicks acquired from directly
along the propagation axis~Au, 1980!. Although a large por-
tion of the dolphin’s clicks were likely acquired from off-
axis, our desire was to describe only the clicks that had the
greatest likelihood of having been acquired from as close to
the beam axis as possible. Following the principle~Au,
1980! that dolphin echolocation clicks acquired from along
the beam axis are higher in amplitude and peak frequency
than when they are acquired from off the beam axis, the
choice was made to analyze and report signal characteristics
for only the two clicks per trial acquired at the highest am-
plitude and highest peak frequency. If in a trial the same
click had both the maximum amplitude and the maximum
peak frequency, only that click was analyzed further for that
trial. The resulting click data set is reported here as the pre-
sumably most representative description of the on-axis sonar
clicks emitted by this dolphin. Additionally, only trials in
which the dolphin wore eyecups were analyzed.

Analysis of the selected clicks was performed using cus-
tom written MATLAB v.5.3 signal-analysis routines. Ampli-
tude, time, and frequency characteristics of the signals were

described. Amplitude was defined as the peak-to-peak sound
pressure level~SPL, dB referenced to 1mPa! acquired at the
hydrophone, and was calculated in the absence of absolute
source level measurements for the purpose of describing the
level at which a click was emitted, at minimum~i.e., clicks
acquired at a received amplitude of 200 dB could be as-
sumed to have been emitted by the animal at least at that
level!. Source levels~SL, dB referenced to 1mPa at 1 m!
were very roughly approximated for a small set of clicks by
estimating the range to the dolphin using the video record-
ings; range was estimated as 3 to 5 m for clicks acquired
early in a trial and confirmed~from the video record! to have
been acquired when the dolphin was relatively far from the
hydrophone.~Of course, a goal of the longer term experi-
ment was to integrate apparatus design changes that would
facilitate accurate source level measurements, and we would
have liked to have reported those numbers here, however
such design changes were not integrated into the study be-
fore the death of the dolphin.!

Signal duration~t, ms! was determined from the relative
signal energy@expressed asEN510 log*0

Ts2(t) dt, wheres(t)
is the instantaneous pressure of the signal as a function of
time, ~Au, 1993!#; onset of the signal was established as the
time at which the relative energy reached a minimum value
of 0.3% of the maximum signal energy, and termination of
the signal was established as the time at which the relative
energy came within 0.3% of the maximum signal energy.
Frequency characteristics for the clicks were determined
from 1024-point fast Fourier Transform~FFT! results. Peak
frequency (f p , kHz! was defined as the highest amplitude
point on the spectrum. Center frequency (f 0 , kHz! was de-
fined as the point in the linear frequency spectrum that di-
vided the total energy in the spectrum equally in half, ex-
pressed as~Au, 1993!,

f 05
*2`

` f •uS~ f !u2 d f

*2`
` uS~ f !u2 d f

,

whereS( f ) is the Fourier transform of the signal.
Bandwidth of the clicks was defined both in terms of the

3-dB bandwidth~3-dB BW, kHz, the range of frequencies
bounded by the high and low half-power points on the spec-
trum! and the root mean square bandwidth~RMS BW, kHz!,
expressed as~Au, 1993!

RMS BW5A*2`
` ~ f 2 f 0!2

•uS~ f !u2 d f

*2`
` uS~ f !u2 d f

.

III. RESULTS

A. Behavioral performance

The dolphin’s choice accuracy for trials in which eye-
cups were on for experiments 1 and 2 are shown in Fig. 3.
Choice accuracy for all experimental sessions was 95% or
above (MExp1598.3, sd52.4% andMExp2599.5, sd50.8%!.
Overall, the dolphin was able to perform both discrimination
tasks with little difficulty despite being blindfolded. The dol-
phin’s choice accuracy for both control sessions~Controls 1
and 2; 50 trials each, conducted at the start of experiment 2!
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was 100%. Her behavior did not appear to be at all affected
by the changes in experimental procedure or apparatus.

Interestingly, the dolphin remained at the surface of the
water, with the upper portion of her forehead/melon out of
the water, during the majority of trials. After swimming away
at the start of the trial and looping back, she swam toward
the targets, moving her head laterally and vertically as she
apparently examined them to locate the standard. She re-
mained at the surface during more than 95% of trials, with at
times more than 50% of her forehead above the water’s sur-
face during her entire approach. She then submerged to touch
the standard target only when she was very close to the target
area~less than 1–2 m!. Time synchronized video and acous-
tic data collected during her approach show that she emitted
sonar clicks, and they were received by the acquisition hy-
drophone, even when she was at the surface.

B. Click analysis

Clicks were acquired during 17 of the 20 sessions, com-
prising a total of 38, 182 clicks~acoustic data were not ac-
quired in three noncontrol sessions due to equipment diffi-
culties!. An example of the full series of clicks acquired
during one trial~from the time the dolphin left the target area
until she touched the standard target! is shown in Fig. 4~a!.
Vertical pulses along thex-axis represent sonar clicks, and
spaces between vertical pulses represent time intervals be-
tween clicks~ICI, compressed 100 times relative to the time
scale of the clicks!. Clusters of clicks along the time axis
represent groupings of click acquisitions related partly to the
head movements of the free-swimming dolphin. The same
series of clicks with interclick intervals removed is shown in
Fig. 4~b!, and plots of amplitudes and peak frequencies for
the full-trial click series are shown in Fig. 4~c! ~amplitude
and frequency values were computed in an initial raw data
analysis, and are provided to present an example of the raw
data set acquired during sessions; from this raw data, two
clicks, indicated, were analyzed in detail!. Evident in the
example depicted in Fig. 4 are the predominately low~,50
kHz! peak frequencies of this dolphin’s clicks when all clicks
acquired were examined together. Overall, peak frequencies
in the raw data were below 50 kHz for the majority~.95%!
of the clicks acquired.

Of the over 38 000 clicks acquired, a total of 1030 clicks
were selected for detailed analysis~representing the at-most
two clicks acquired at the highest amplitude and the highest
peak frequency from each trial in each session!, examples of

FIG. 3. The dolphin’s choice accuracy for experiments 1 and 2 for trials in
which she wore eyecups.

FIG. 4. Analysis of the clicks acquired
during one full trial, from the point the
dolphin left the target area to the point
she touched the standard cylinder.~a!
Full-trial click series for trial
HA071641, showing clicks and inter-
click intervals. ~b! Full-trial click se-
ries with interclick intervals removed.
~c! The amplitudes and peak frequen-
cies of the clicks.
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which are given in Fig. 5. The figure is representative of the
types of clicks acquired from the dolphin. As was evident in
the raw click data, clicks predominantly had peak frequen-
cies below 50 kHz, as shown in Figs. 5~a! and~b!, but were
broadband and had strong higher frequency components~i.e.,
clicks were often bimodal, with two prominent energy peaks
in the frequency spectra!. Very high peak frequency clicks
~.80 kHz!, as in Fig. 5~d!, were acquired, though much
more rarely.

The frequency spectra of the clicks acquired from the
dolphin during this study were typically bimodal, as is illus-
trated by the examples in Fig. 5. Clicks very often had two
very prominent peaks in the frequency spectra, so that the
total energy represented by the peak frequency@e.g., 93 kHz
for click 68 in Fig. 5~c!# was only slightly more than the total
energy represented by the secondary peak. To quantify the

occurrence of this bimodality, peak frequency histograms
were plotted~Fig. 6!. Evident here, again, is the bimodality
of the spectra; peak frequencies tended to be either around 30
to 50 kHz ~LF! or around 80 to 100 kHz~HF!, and much
more rarely were below 30 kHz, between 50 and 80 kHz, or
above 100 kHz.

Also noticeable in the peak frequency histograms in Fig.
6 is that more clicks were acquired at the higher peak fre-
quencies~i.e., .80 kHz! during experiment 2 than during
experiment 1 (x (1,N51030)

2 566.13,p,0.0001). The majority
of the clicks acquired in both experiments, however, had
peak frequencies below 50 kHz~93% in experiment 1 and
73% in experiment 2!.

A summary of the signal characteristics for the clicks
selected from each trial is given in Fig. 7 (N51030). Clicks

FIG. 5. Examples of clicks acquired from the dolphin during the study. Each example shows the highest amplitude and the highest peak frequency clicks
acquired during that trial, selected for further detailed analysis, with signal waveforms~left!, frequency spectra~center!, and quantitative characteristics~right!.
Examples are representative of the types of signals emitted by the dolphin. SPL5sound pressure level,f p5peak frequency,f 05center frequency, 3-dB
BW53-dB bandwidth, RMS BW5rms bandwidth,t5duration.
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were acquired at amplitudes~SPL! ranging from 183.9 to
201.6 dBre 1 mPa, with an overall mean of 192.6 dBre 1
mPa ~sd53.4 dB!. Mean amplitude was slightly, yet signifi-
cantly, greater for the clicks acquired during experiment 2
than during experiment 1 (MExp15191.6, sd53.1 dB, and
MExp25193.8, sd53.1 dB; Student’s t5210.97, p
,0.0001).

Peak frequency ranged from 27.4 to 104.7 kHz, with an
overall mean of 47.9 kHz~sd520.1 kHz!. Mean peak fre-
quency was significantly higher in experiment 2 than in ex-
periment 1 (MExp1542.6, sd513.9 kHz, andMExp2553.8,
sd523.9 kHz; Mann-Whitney U5166585, p,0.0001).
Center frequency ranged from 24.1 to 85.7 kHz, with an
overall mean of 56.5 kHz~sd510.4 kHz!. As with peak fre-
quencies, mean center frequency was significantly higher in
experiment 2 than in experiment 1 (MExp1552.7, sd59.2
kHz and MExp2560.7, sd510.0 kHz; t5213.54, p
,0.0001).

The 3-dB bandwidth varied considerably from one click
to the next, ranging from a minimum of 15.7 kHz to a maxi-
mum of 94.1 kHz, and averaging 39.7 kHz~sd518.5 kHz!
overall. Mean 3-dB bandwidths were significantly greater in
experiment 2 than in experiment 1 (MExp1536.9, sd516.5
kHz and MExp2542.7, sd520.1 kHz; U5162091, p
,0.0001). The acuteness of a click’s frequency bimodality
had a substantial effect on 3-dB bandwidth values. Higher
levels of energy at both the low- and high-frequency modes
was associated with decreased energy levels at frequencies
between the modes, thus creating a ‘‘barrier’’ to the 3-dB
bandwidth measure@i.e., the measure of high and low half-
power points, as determined from the peak frequency, mea-
sures the width across only one of the two peaks in the bi-
modal spectrum; see Fig. 5~b!, for example#. The root mean
square bandwidth~RMS BW! accounts for energy levels
about the center, or centroid, frequency, and is perhaps more
appropriate for the types of bimodal clicks acquired here.

RMS bandwidths for the clicks emitted by the dolphin
ranged from 11.8 to 32.7 kHz and averaged 23.3 kHz~sd
53.6 kHz! overall. Mean RMS bandwidth was higher for the
clicks acquired during experiment 2 than during experiment
1 (MExp1521.8, sd53.4 kHz andMExp2524.9, sd53.1 kHz;
t5215.01,p,0.0001).

Click duration ranged from 32 to 96ms, with an overall
mean of 61.0ms ~sd511.8 ms!, and 82% of clicks having
durations between 40 and 70ms. Click durations were sig-
nificantly longer in experiment 1 than in experiment 2
(MExp1564.5, sd512.2 kHz and MExp2557.4, sd510.2
kHz; t512.12,p,0.0001).

Clicks were acquired at interclick intervals of 11.6 to
47.6 ms, averaging 25.2 ms~sd55.8 ms! overall. Interclick
interval was not significantly different between the two ex-
periments (p.0.05).

Click source levels for this study could only be approxi-
mated based upon analysis of the roughly time-synchronized
video recordings with accompanying acoustic data. The ap-
proach taken was to estimate the maximum possible source
level ranges for the clicks acquired early in a trial, where
video recordings could verify that the dolphin began the trial
at a relatively large range from the target area, or approxi-
mately 3 to 5 m given the known dimensions of the test pen.
For example, a click of 193-dB measured amplitude acquired
early in a trial@such as click 13 in Fig. 5~b!# would have an
estimated maximum possible source level of 207 dBre 1
mPa @given an estimated maximum range~R! of approxi-
mately 5 m, equivalent to 20* log(R)514 dB in signal trans-
mission loss#. The highest amplitude click acquired in this
study was collected early in a trial at 201.6 dBre 1 mPa. A
review of the video record confirmed that she began that trial
relatively far from the targets, estimated at 3- to 5-m range.
Given this range, the source level for this click was estimated
to be between 211 and 216 dBre 1 mPa.

IV. DISCUSSION

A. Clicks

The behavioral and acoustic results acquired in this
study provide evidence of echolocation use in the Risso’s
dolphin. The dolphin was able to discriminate an aluminum
cylinder from two different comparison spheres with little
difficulty, despite being blindfolded. Her performance was
95% correct or greater during all test sessions. Her perfor-
mance was 100% correct during special control sessions, de-
spite measures taken during those sessions to ensure she was
not being inadvertently assisted by other cues. She moved
her head laterally and vertically as she approached the tar-
gets, and emitted sonar clicks during all trials. These findings
are consistent with the existence of a sonar sensory system in
this species of dolphin.

The acquisition of significantly higher click amplitudes
~SPL! and frequencies~peak, center, and 3-dB and RMS
BW’s! and significantly lower click durations in experiment
2 than in experiment 1 could have a number of possible
explanations. Of course, due to the free-swimming method-
ology employed in this study, the different clicks acquired in
experiment 2 could merely have been the result of possible

FIG. 6. Distributions of peak frequencies for all clicks analyzed for experi-
ments 1 and 2. Two prominent peaks in the frequency spectra of the dol-
phin’s clicks are evident—30–50 kHz~LF! and 80–100 kHz~HF!. More
clicks of very high peak frequency~HF! were acquired during experiment 2
than during experiment 1 (x (1,N51030)

2 566.13,p,0.0001).
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acquisition artifacts. That is, higher amplitudes may have
been collected in experiment 2 merely because more clicks
were acquired from directly along the dolphin’s sonar propa-
gation axis in that experiment, due at least in part to varia-
tions in the dolphin’s movements. This explanation is cer-
tainly possible, although because only the two clicks of the
highest amplitude and the highest peak frequency were ana-
lyzed for each trial, there is a better likelihood that all ana-
lyzed clicks were acquired along or close to the propagation
axis for both experiments. Session video records also show
that the dolphins’s swim behavior was not noticeably differ-
ent between the two experiments.

If acquisition artifacts were indeed not a significant fac-
tor, it is a possibility that higher amplitude, higher frequency,
and shorter duration clicks were acquired in experiment 2
because the dolphin actually emitted such clicks, perhaps as

a response to a more difficult discrimination in experiment 2
relative to experiment 1. The dolphin may have needed to
use higher amplitude/higher frequency clicks during experi-
ment 2 ~where the standard and comparison targets were
made of the same material but differed in shape!, than she
needed in experiment 1~where the targets differed both in
material and in shape!. Of course, given that the standard
cylinder had a theoretical target strength of 13 dB higher
than the comparison spheres, it should be more likely that the
most salient cue for the dolphin in both experiments was this
large difference in target strength. The dolphin’s task should,
in theory, have been one of object detection—because the
echo of the cylinder was so much louder than that of the
sphere, she might simply have ‘‘looked for’’ that strong echo.
A change from targets of different materials to targets of the
same material should not, theoretically, have effected a

FIG. 7. Summary of signal characteristics for the highest peak frequency and highest amplitude clicks selected from each trial of Experiments 1 and 2 (N
51030). Note: Difference between the means of Experiments 1 and 2 tested for significance using the Student’st-test~* !, or using the Mann–WhitneyU-test
~†, nonparametric test for non-normally distributed data!.
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change in the acoustic behavior of the dolphin. Despite this,
the data do indicate that the dolphin emitted clicks of higher
amplitude and higher frequency in experiment 2. Possibly,
the strategy employed by the dolphin in performing the dis-
crimination in both experiments was not simply that of target
strength comparison, as would have been theoretically pre-
dicted, but included some aspect of the particular physical
characteristics of the targets. When the comparison target
was changed from a nylon sphere in experiment 1 to an
aluminum sphere in experiment 2, the dolphin might have
compensated for a more difficult discrimination by emitting
clicks of higher amplitude, and as a result higher frequency
and shorter duration, making use of their higher capacity for
feature resolution~see Auet al., 1974, Auet al., 1985, for a
discussion of the hypothesized dependence of click fre-
quency on amplitude!.

B. Behavior

The dolphin’s ability to emit sonar clicks into the water
when much of her forehead was above the surface is unique
in comparison to the echolocation behavior of other echolo-
cating odontocetes~T. truncatus, bottlenose dolphin;P.
crassidens, false killer whale;D. leucas, beluga;P. phoc-
oena, harbor porpoise!. In these species, the sonar beam
emerges from near the center, front surface of the forehead
and, as a result, these species must submerge their foreheads
in order to emit sonar clicks into the water. The dolphin in
this study, however, emitted clicks with at times only the
lower portion of her forehead submerged. Additionally, al-
though the dolphin echolocated from the surface, clicks of
very high amplitude and peak frequency were acquired by
the 1-m-deep acquisition hydrophone, suggesting that they
were acquired from along or very near the propagation axis
of the sonar beam even when the dolphin was at the water’s
surface.

While the possibility of off-axis detection could be pro-
posed to explain the dolphin’s ability to echolocate from the
surface of the water~i.e., the dolphin could have used echoes
of the off-axis portion of her clicks to perform the discrimi-
nation from the surface!, the acquisition of high-frequency/
high-amplitude clicks at the 1-m-deep hydrophone makes
this explanation less likely. At a range of 5 m, the angle
between the dolphin’s horizontal line of approach and the
submerged targets would have been approximately 11 de-
grees, and at 3 m, that angle would have been nearly 20
degrees. Clicks acquired from a propagating sonar beam
from 11 to 20 degrees off-axis would have exhibited signifi-
cantly distorted waveforms, with low peak frequencies and
amplitudes. This was not found in the data. Additionally,
while strong surface~i.e., air/water interface! reflections
would certainly be expected when a dolphin echolocates
from so close to the surface of the water, we did not find
evidence of the presence of surface reflected energy in the
acquired signal data. Clicks had clean and typical wave-
forms, in comparison to the clicks of previously studied dol-
phin species, with no obvious distortions due to surface re-
flections.

Overall, observations of the dolphin’s surface-based
swim pattern, along with acoustic and video data, suggest the

possibility that the vertical sonar transmission beam of the
Risso’s dolphin may project downward from the lower por-
tion of the forehead by more than 10 or 20 degrees, refer-
enced to the longitudinal axis of the dolphin’s body~Fig. 8!.
This downward angled beam may correspond with the down-
ward angle of the mouth line in this species. In other species
for which the vertical signal transmission beam has been
measured~T. truncatus, D. leucas, P. crassidens, andP. pho-
coena!, the angle of the vertical beam has typically been
stated in reference to the line along the jaw formed at the
mouth, which in these species is essentially horizontal~65
degrees!, and the projection angle of the vertical sonar beam
appears to correspond closely~again,65 degrees! with the
mouth line in these species~Au et al., 1986, 1987, 1995,
1999!. In the Risso’s dolphin, the line formed by the mouth
is tilted downward anteriorally by about 30 to 40 degrees.
The projection of the vertical sonar beam in this species
might closely correspond to the line of the mouth as it does
in other species.

The possibility of a downward angled sonar beam in this
species could help to explain the unusual difficulty encoun-
tered during the training-phase of the study, in which the
dolphin was unable to learn a basic target detection task from
an underwater hoop. In that phase of training, the dolphin’s
task was to swim to a 1-m-deep, stationary hoop and report
the presence or absence of a 5-in. aluminum water-filled
sphere presented 3 m infront of her at the same depth~1 m!.
After considerable efforts to train the dolphin to perform the
task, the dolphin’s performance remained at chance levels.
Although the dolphin emitted clicks from the hoop, which
were acquired by a 1-m-deep B&K 8103 hydrophone posi-
tioned 1 m in front of the tip of her rostrum, the clicks were
very low in amplitude and frequency and were considerably
distorted compared to the clicks of other echolocating spe-
cies. Overall, they exhibited the characteristics of off-axis
echolocation clicks acquired from other dolphin species. If
the Risso’s dolphin sonar beam is angled downward by more
than 10 or 20 degrees, a target positioned 3 m in front of her
and at her same depth might not have been acoustically ‘‘vis-
ible’’ to her. The clicks she would have emitted from her
position in the hoop would have angled downward, with the
majority of their acoustic energy passing below both the hy-
drophone and the target. Of course, detailed future measure-
ments of the signal transmission beam pattern of the Risso’s

FIG. 8. Possible vertical sonar transmission beam path of the Risso’s dol-
phin, based upon observations of the dolphin’s surface-based swim pattern
during target scans and accompanying acoustic data. Estimated beam angles
are presented, relative to an assumed horizontal body longitudinal axis.
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dolphin will be necessary to test the possibility of a down-
ward angled sonar transmission beam in this species.

C. Comparison of Risso’s dolphin clicks
with the clicks of other species

Table I summarizes the acoustic characteristics of the
Risso’s dolphin’s clicks, along with those of the three species
of echolocating nonphocoenid odontocetes whose clicks
have been experimentally described,T. truncatus, D. leucas,
and P. crassidens. All comparisons concern data collected
during experiments conducted in Kaneohe Bay, Hawaii
~snapping shrimp in Kaneohe Bay generate high levels of
masking noise, causing the echolocating dolphins housed
there to emit higher amplitude and higher frequency clicks
than those emitted by dolphins in tanks or less noisy open
waters; e.g., Auet al., 1974, 1985!. Generally, the character-
istics of the Risso’s dolphin’s clicks were similar to those of
the other nonphocoenid odontocetes, with a few notable ex-
ceptions.

First, the highest estimated source levels of the Risso’s
dolphin’s clicks were lower~by as much as 14 dB! than the
source levels reported for the other species. It appears, how-
ever, that dolphins adjust the output amplitudes of their
clicks depending on specific aspects of the task and environ-
ment, such as signal-to-noise ratio, target strength, target
range, and the specific echolocation task~Au et al., 1985;
Brill et al., 1992!. In this case, differences in target range
between the studies probably account for differences in click
amplitudes observed. The high-amplitude clicks reported for
the three species in Table I were acquired when each of the
animals was detecting or discriminating targets from far
greater ranges~20–100 m! than the maximum 6 m from
which the Risso’s dolphin in this study was working. Au
~1980! reported the source levels of five echolocatingT. trun-
catusdiscriminating targets in Kaneohe Bay at ranges of 6 to
77.7 m. The dolphins echolocating from 6-m range emitted
clicks with sources levels around 210 dB and did not in-
crease their emitted source levels until the targets were
moved to ranges greater than 20 m. These lower source lev-
els emitted byT. truncatusat shorter ranges are very close to
the estimated click source levels of the Risso’s dolphin work-
ing from similar ranges in this study.

Second, the frequency characteristics of the Risso’s dol-
phin’s clicks compared to those of other nonphocoenid od-
ontocetes are also noteworthy. Although the highest peak fre-

quencies of the clicks acquired from the Risso’s dolphin
were extremely high, they did not range as high as the peak
frequencies of the clicks acquired from the other odontocetes
~105 kHz for Risso’s compared to 130 kHz forT. truncatus,
125 kHz forP. crassidens, and 120 kHz forD. leucas!. Fur-
thermore, high peak frequency clicks~.80 kHz! were much
less common for the Risso’s dolphin than they typically are
for a T. truncatusperforming a basic object detection or dis-
crimination task in Kaneohe Bay~see Au, 1993!. Maximum
center frequencies were also considerably lower for the Ris-
so’s dolphin than forT. truncatus~up to 86 kHz for Risso’s
compared to 125 kHz forT. truncatus!, but were similar to
the center frequencies reported forP. crassidens~up to 81
kHz!. The highest 3-dB bandwidths found for the Risso’s
dolphin were above those reported forT. truncatus~up to 94
kHz for the Risso’s dolphin compared to 60 kHz reported for
T. truncatus!, although analysis of the clicks acquired from a
T. truncatusecholocating from an approximately 6-m target
range in Kaneohe Bay reveals many instances of 3-dB band-
widths ranging higher than 90 kHz~personal observation,
from unpublished data!. RMS bandwidth for Risso’s dolphin
clicks was consistently lower than that reported forT. trun-
catus~20–30 kHz for more than 80% of the analyzed Risso’s
clicks, compared to 30–45 kHz forT. truncatus!.

Aside from these specific frequency differences, the
overall frequency structure of the Risso’s dolphin’s clicks
was similar to that of the other nonphocoenid species; that is,
their spectra ranged across a similar frequency band~from as
low as 30 kHz to over 100 kHz! with considerable energy
being represented by a broad range of frequency bins. The
overall shape of the frequency spectra of the Risso’s dol-
phin’s clicks was bimodal, with two prominent energy peaks
at opposite ends of the spectrum. Similar bimodality has
been observed in clicks emitted by the other species~e.g., Au
et al., 1995; Moore and Pawloski, 1990!, and appears to be a
characteristic of the short-duration, broadband, pulse-type
signals emitted by these animals. The consistently lower
findings for peak frequency, center frequency, 3-dB band-
width, and RMS bandwidth for the Risso’s dolphin’s clicks
could merely have been a result of the specific task the dol-
phin was performing. If she had been echolocating on targets
at greater ranges, and thus emitting clicks of higher ampli-
tude ~e.g., Au, 1980!, it is possible that the frequency char-
acteristics of her clicks would have been consistently higher
and more in line with the frequency findings for the other
species.

TABLE I. Summary of the acoustic characteristics of the Risso’s dolphin’s echolocation clicks, along with those
of previously studied nonphocoenid odontocete species housed in open-water pens in Kaneohe Bay, Hawaii.
Values listed represent the range of averages~with the maximum value in parentheses! reported in the literature
for that parameter, except RMS bandwidth and duration~t!, for which the ranges of typical values are listed.
1—Au ~1993!; 2—Au ~1980!; 3—Au et al. ~1985!; 4—Thomas and Turl~1990!; 5—Au et al. ~1995!; 6—Brill
et al. ~1992!.

f p

~kHz!
f 0

~kHz!
23 dB BW

~kHz!
RMS BW

~kHz!
SL

~dB re 1 mPa 1 m!
t

~ms! Source

G. griseus 48 „105… 57 „86… 40 „94… 20–30 „È216… 40–70 ¯

T. truncatus 115–120 ~130! 93–120 ~125! 38–46~60! 30–45 205–225~230! 50–80 2,1
P. crassidens 40–110 ~;125! 44–81 ~81! 20–54~78! ¯ 202–223 ~225! 50–70 4,5,6
D. leucas 104–109 ~120! ¯ 20–50~65! ¯ 207 ~225! 50–80 3,1
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Alternatively, however, the lower frequency characteris-
tics for the clicks emitted by the Risso’s dolphin are consis-
tent with the audiometric data reported for this species by
Nachtigall et al. ~1995!. According to Nachtigallet al., the
Risso’s dolphin can hear very well to frequencies as high as
80 kHz. Above 80 kHz, however, its sensitivity drops off
dramatically. The auditory sensitivity of the Risso’s dolphin
differs from the that ofT. truncatusand D. leucas, for ex-
ample; T. truncatuscan hear very well to 110 kHz~upper
limit of the 10-dB down hearing range; Johnson, 1967!, and
D. leucasis very sensitive to 105 kHz~White et al., 1978!.
These species are reported to emit clicks of very high peak
frequency~.80 kHz! apparently more often than did the
Risso’s dolphin in this study, and given reported hearing sen-
sitivities for these species, they can apparently hear such
frequencies quite readily. The Risso’s dolphin, by contrast,
seems to more often emit clicks of lower peak and center
frequency~,80 kHz!, the reflected echoes of which might
more closely match the sensitivity of its auditory system.
However, although the auditory sensitivities measured forP.
crassidensclosely match that of the Risso’s dolphin@with a
best sensitivity cutoff of 64 kHz~Thomaset al., 1988!#, the
echolocation clicks emitted by P. Crassidens in Kaneohe Bay
have been measured to be often of very high peak frequen-
cies @.80 kHz ~Thomas and Turl, 1990#.

The time-domain characteristics~i.e., waveform, dura-
tion, and interclick interval! of the echolocation clicks emit-
ted by the Risso’s dolphin in this study were very similar to
those of the clicks emitted by other echolocating nonphoc-
oenid odontocetes. Overall, the duration of the clicks emitted
by the Risso’s dolphin was about the same as the reported
click durations forT. truncatus, D. leucas, andP. crassidens
~t540–70ms for the Risso’s dolphin, 50–80ms for T. trun-
catusandD. leucas, and 50–70ms for P. crassidens!.

The similarity of the physical properties of the clicks
emitted by this dolphin to the clicks emitted by the other
odontocetes is perhaps a bit surprising considering the bio-
logical peculiarities of this species. The Risso’s dolphin is
the first exclusive cephalopod consumer demonstrated to
echolocate and is the only species to possess such a radically
indented forehead. Lacking gaseous~i.e., highly acoustically
reflective! swimbladders, cephalopods probably present a
much more difficult sonar target than do fish with swimblad-
ders, and a vertical groove in the forehead could affect an
outgoing sonar pulse. Nevertheless, the examination of the
clicks does not suggest that any obvious specialization exists
which might be related to these features. Less obvious are
the apparently lower frequency characteristics of the Risso’s
dolphin’s clicks. If the lower frequencies were indeed not
merely a result of the lower amplitudes emitted by the dol-
phin for the shorter-ranged task in this study, and were in fact
an accurate sample of the sonar clicks of this species even at
greater ranges, then the lower frequencies could represent an
adaptive specialization in this species’ sonar system.

V. CONCLUSIONS

The data show that this species of odontocete has the
ability to use sonar signals for the detection of objects un-
derwater. The sonar clicks it generates are similar to the

clicks generated by other members of its delphinid family,
yet the specific context in which it is assumed to apply its
sonar system in a natural setting is unique—unlike all other
odontocete species previously studied for the faculty of
echolocation, this species feeds entirely upon animals that
are comparatively difficult targets for a sonar system to de-
tect and which live very deep in the water column. This
species also has a very dramatic vertical groove along its
forehead, something no other species of dolphin possesses,
and the function of which remains unknown. Most interest-
ingly, this individual was able to echolocate downward into
the water from a position at the surface, with a large portion
of its grooved forehead out of the water. It is proposed here
that this ability points toward the possibility of a uniquely
angled sonar beam in this species.

A more complete knowledge of sonar use in dolphins
can be gained by studying echolocation in species, such as
the Risso’s dolphin, which are biologically and behaviorally
different from the species typically studied, such asT. trun-
catus. Further study into echolocation use of the Risso’s dol-
phin will be needed to better characterize the functional roles
of its biological and behavioral specializations. In light of
these particular specializations, data gathered from echoloca-
tion studies with Risso’s dolphins could likely provide a
more complete picture of the use of sonar in dolphins.
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The influence of flight speed on the ranging performance of bats
using frequency modulated echolocation pulses
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Many species of bat use ultrasonic frequency modulated~FM! pulses to measure the distance to
objects by timing the emission and reception of each pulse. Echolocation is mainly used in flight.
Since the flight speed of bats often exceeds 1% of the speed of sound, Doppler effects will lead to
compression of the time between emission and reception as well as an elevation of the echo
frequencies, resulting in a distortion of the perceived range. This paper describes the consequences
of these Doppler effects on the ranging performance of bats using different pulse designs. The
consequences of Doppler effects on ranging performance described in this paper assume bats to
have a very accurate ranging resolution, which is feasible with a filterbank receiver. By modeling
two receiver types, it was first established that the effects of Doppler compression are virtually
independent of the receiver type. Then, used a cross-correlation model was used to investigate the
effect of flight speed on Doppler tolerance and range–Doppler coupling separately. This paper
further shows how pulse duration, bandwidth, function type, and harmonics influence Doppler
tolerance and range–Doppler coupling. The influence of each signal parameter is illustrated using
calls of several bat species. It is argued that range–Doppler coupling is a significant source of error
in bat echolocation, and various strategies bats could employ to deal with this problem, including the
use of range rate information are discussed. ©2003 Acoustical Society of America.
@DOI: 10.1121/1.1528175#

PACS numbers: 43.80.Ka, 43.80.Lb, 43.60.Gk@WWA#

I. INTRODUCTION

Bats often use frequency modulated~FM! calls in their
echolocation to measure distance~Simmons, 1973!. Since
bats regularly fly at speeds between 3–8 m/s, their echoes
are likely to be Doppler shifted by 1.8%–4.8%@Eq. ~2!#.
Under natural conditions, FM bats are not known to compen-
sate their emitted pulses for Doppler shifts, as Doppler-
compensating CF bats do~Schnitzler, 1968; Schulleret al.,
1974!, and also lack the cochlear and neural adaptations
thought to subserve the detection of Doppler shifts. These
cochlear and neural adaptations have been described only for
Doppler compensating CF bats such asRhinolophusand
Pteronotus parnellii~Grinnell, 1995!.

When trained, the FM batEptesicus fuscusis able to
detect Doppler shifts in replayed echoes only if this shift
represents a flight speed of at least 6 m/s, or even 16 m/s in
some individuals~Wadsworth and Moss, 2000!. The high
thresholds for detecting a difference in virtual flight speeds
found in this study corroborate the view that, under natural
circumstances, FM bats only measure distance and not flight
speed with a single pulse.

Since the earliest investigations on bat echolocation, it
has been speculated that FM bats may have evolved a pulse
design suited to minimize errors in measuring distance
caused by Doppler shifts~Strother, 1961; Cahlanderet al.,
1964; McCue, 1966; Cahlander, 1967; Altes and Titlebaum,
1970; Simmons and Stein, 1980!. The pulse design that

would make a bat least sensitive to Doppler effects was
found to have a period that increases linearly over time,
called linear period modulation, LPM, or hyperbolic fre-
quency modulation~Kroszczynski, 1969!. Five pulses emit-
ted by the batMyotis lucifugusin the laboratory appeared to
be hyperbolic and therefore proved to be Doppler tolerant
~Cahlander, 1967!. However, calls of a number of species
have been analyzed that were not perfectly Doppler tolerant
~Escudié, 1988; Lin, 1988; Zbinden, 1988; Masterset al.,
1991; Parsonset al., 1997!. Only for Eptesicus fuscus
echolocating in a laboratory do systematic data exist on all
pulse parameters including sweep function~Masterset al.,
1991; Masters and Raver, 2000! from which Doppler errors
can be calculated.

The aim of this paper is to show how pulse design af-
fects the measurement of delay at different flight speeds. We
used cross correlation as a method to investigate ranging
acuity with the calls of different bat species. The underlying
assumption is that a filterbank model which is the most likely
candidate for the bat’s receiver system will give results simi-
lar to a cross correlator~Altes, 1980!. To test this assump-
tion, we first compared the performance of a filterbank
model with cross correlation.

Our way of displaying the errors induced by Doppler
effects is more specific compared to most other papers since
we investigate Doppler tolerance~acuity! and range–
Doppler coupling~bias, offset! ~Altes and Titlebaum, 1970;
Menne, 1988! separately. Since Altes and Titlebaum~1970!
discovered that range–Doppler coupling can be reduced to
zero by relating the echo reception to an instant in the past
~reference time, time to zero period; Pye, 1986!, pulses well

a!Present address: University of Tu¨bingen, Animal Physiology, Auf der Mor-
genstelle 28, 72076 Tu¨bingen, Germany. Electronic mail:
arjan.boonman@uni-tuebingen.de
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designed to minimize Doppler errors have been assumed to
be hyperbolic by many authors~e.g., Masterset al., 1991;
Hartley, 1992!. However, in this paper we argue that bats are
unlikely to use a reference time in the past. Although there
are various strategies a bat could use to reduce range–
Doppler coupling, no information about this is yet available.
This prompted us to treat range–Doppler coupling as a pos-
sible source of error that is not necessarily minimized by
using a hyperbolic pulse design.

By varying different pulse parameters systematically, we
show how each of them affects the two Doppler errors. Cur-
vature was used as one of the parameters that was varied
since curvature determines the degree to which a pulse is
hyperbolic.

These data are then used to explain the different error
trends in bat calls. This information can be used in further
investigations in target-directed or flight-speed-dependent
echolocation.

II. METHODS

A. Cross-correlation receiver

We used cross correlation to measure Doppler tolerance
and range–Doppler coupling. In this paper, the target is al-
ways assumed to be a stationary point target~reflecting the
entire spectrum!, while the bat is assumed to be moving to-
wards the target on axis. In this context, a relevant cross-
correlation model can be given by

Cu~t!5s1/2E
2`

`

u~ t !u* @s~ t1t!#dt, ~1!

in which u(t) is the waveform function over timet, t is the
expected time of arrival of the echo,* denotes complex con-
jugation, ands is the Doppler factor given by

s5
11Vbat/c

12Vbat/c
, ~2!

in which Vbat is the flight speed of the bat~m/s!, in which c
is the speed of sound in air, for which we used 343 m/s.
Whens.1 ~the bat is flying towards the target! the echo is
compressed in time. In this case the pulseu(t) becomes
u(ts). In compressing waveforms, we corrected for sam-
pling errors arising from this compression. The simulated
flight speed of the bat was varied from 0–8 m/s, in incre-
ments of 0.5 m/s.

Range–Doppler coupling was defined as the increase in
offset with flight speed of the bat@ms/~m/s!#. Offset in range
was derived from the cross-correlation function defined as
the difference in time at which the maximum value of the
function occurred between a flight speed of 0 m/s and any
higher flight speed toward the target, up to 8 m/s.

Doppler ~in!tolerance was calculated as the half-power
width of the analytical envelope~Altes, 1980! of the cross-
correlation function. We defined the Doppler intolerance as
the increase of the half-power width of the envelope of the
cross-correlation function with flight speed.

With Eq. ~1!, only the signal-dependent range–Doppler
coupling can be calculated. However, compression of travel-
ing time also leads to a range–Doppler coupling error that is

independent of the signal used by the bat. The time between
pulse emission and reception of the echo (t travel) depends on
the speed of soundc, the flight speed of the batVbat and the
initial distanced0 from bat to target~Fig. 1!

t travel5
2d0

Vbat1c
. ~3!

This means that the distance bat-to-target (d1) at echo recep-
tion is given by

d15d02t travelVbat5d0

122Vbat

Vbat1c
5d0

c2Vbat

c1Vbat
. ~4!

The delayt1 a stationary bat would measure atd1 ~the point
of echo reception! is given by

t15
2d1

c
5

2d0

c

c2Vbat

c1Vbat
5t travel

c2Vbat

c
. ~5!

Therefore, the delay perceived by the moving bat ist travel,
which is longer than the delay that belongs to the distance of
echo receptiont1 . At the position of echo reception (d1) the
bat therefore overestimates delay by a factor (c2Vbat)/c
~Fig. 1!. This flight-speed-dependent offset in delay is an
additional range–Doppler coupling to the range–Doppler
coupling caused by the signal. Range–Doppler coupling can
be eliminated by using a reference time (Tref) ~Altes and
Titlebaum, 1970!. The concept of reference time is discussed
by Pye ~1986! and Masterset al. ~1991! and can be best
understood by first examining Doppler errors that arise inde-
pendently of the signal being used, as will be done below.

Using Tref means that the bat does not interpret the re-
ceived delay to belong to the position of reception (d1), but
a point where it wasTref time ago. This point will therefore
be at a distanceTref3Vbat closer tod0 , in other words:d1

5d02(t travel1Tref)Vbat. As a consequence Eq.~5! becomes

t15
2d0

c
2~ t travel1Tref!

2Vbat

c
. ~6!

The Doppler error, ignoring any errors arising from the Dop-
pler compression of the pulse, is therefore

FIG. 1. A bat in flight emits a signal at distanced0 relative to a target. At the
time the signal has reflected back from the target to the bat, the bat has
arrived at distanced1 relative to the target. The traveling time of the signal
is t travel. If the bat emitted a pulse while being stationary atd1 , the traveling
time of the signal would bet1 instead oft travel. Therefore, the position of the
bat at echo reception does not correspond with the delay (t travel) received by
the bat. The stationary position of the bat that would correspond to the
received delay is the point exactly halfway betweend0 andd1 , disregarding
the Doppler compression of the signal.
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t travel2t15
2d0

Vbat1c
2

2d0

c
1~ t travel1Tref!

2Vbat

c
.

For one specific timeTref before echo reception the signal-
independent Doppler error will be zero. If we rearrange the
equation and set it to zero

2d0

Vbat1c
2

2d0

c
1

2d0

Vbat1c

2Vbat

c
1Tref

2Vbat

c
50,

~7!

Tref52
d0

Vbat1c
.

Therefore, Tref equals 20.53t travel. The two equations
above are mainly useful for flight speeds between 1 and 10
m/s. Over this range the bias can be clearly minimized by
one specificTref , while Vbat does not significantly affect the
value ofTref .

In other words,Tref520.53t travel means that if the bat
was stationary halfway betweend1 andd0 the delay it would
receive is equal to the delay the bat did receive in flight,
having flown fromd0 to d1 ~Fig. 1!. Tref therefore denotes a
moment before echo reception at which the received delay
would have been correct. If a bat usedTref to eliminate Dop-
pler errors, it therefore needs to project itself back in time.
Note that, in principle,Tref could also be defined in units of
distance before echo reception, instead of units of time, as in
this paper. IfTref is defined in time it refers to a range of
distances~depending onVbat) where the bat could have been,
and if Tref is defined in distance it refers to a range of mo-
ments~depending onVbat) before echo reception at which
the bat could have been.

The range–Doppler coupling and its cancellation by ap-
plying Tref , described above, only concerned the signal-
independent Doppler errors, and not the signal-dependent
Doppler errors. We will define the absolute signal-dependent
range–Doppler error asS3Vbat. If we add this error to
t travel2t1 in Eq. ~7!, theTref needed to cancel the total error
equals:20.53t travel20.53S3c.

B. Pulse design and distance of focus „DOF…

Animals do not steer themselves by entering numbers
into an absolute coordinate system over absolute time, but
are more likely to use guidance systems relative to objects in
distance or time~Trullier et al., 1997!. Therefore, if a bat
usedTref , and projected itself back to a specific moment
before echo reception, this moment may be unambiguously
defined on a video recording of this bat, but the bat itself is
unlikely to possess such a precise memory of its absolute
position in space at all possible moments. To know how far it
has flown betweenTref and echo reception, the bat needs
some clear event to which it can relate the absolute moment
of Tref . Since perception of the environment does not take
place until the reception of the echo, the event has to be a
behavioral event, such as beating the wing or sending the
motor command to execute a behavioral action. The problem
that arises here with the biological implementation ofTref is
that the time scale of action patterns in the bat is much
cruder than the accuracy with whichTref needs to be defined
to cancel the error. In defining the correct value ofTref ,

differences of 1 millisecond are relevant, whereas locomo-
tive patterns in bats, such as wing beats, show that these
patterns last for several tens of milliseconds~Valentine and
Moss, 1998!. We therefore think that bats are unlikely to use
a system to eliminate range–Doppler coupling based onTref .

However, a way to accurately mark the onset ofTref

would be to make it coincide with an instant during pulse
emission. In this way the moment ofTref is clearly defined by
a behavioral or neurophysiological event, for example by
neurons in the cochlea firing upon the reception of the pulse
during emission.

If the point of emission is used as point of perception
Tref52t travel ~or d15d0). This means that the signal-
independent range–Doppler coupling becomes negative,
since

t travel2t15
2d0

Vbat1c
2

2d0

c
.

At any speedVbat, S3Vbat should cancelt travel2t1 . There-
fore

SVbat52
2d0

Vbat1c
1

2d0

c
5

2d0Vbat

c~Vbat1c!
. ~8!

If the time of emission is used as a reference point of per-
ception, the range–Doppler coupling of the emitted pulse
needed to cancel the entire range–Doppler coupling is the
partial derivative of Eq.~8! with respect to flight speedVbat:

S5
]SVbat

]Vbat
5

2d0

~Vbat1c!2 . ~9!

A pulse with a specific range–Doppler couplingSwill there-
fore give an unbiased estimate of an ensonified distanced0 at
any flight speed if the reference point (Tref) is set at a point
during pulse emission. In this paper we call this distanced0

the distance of focus~DOF!. According to our theory, a bat
will have some idea how far a target of interest is and will
emit a pulse with characteristics such that its range–Doppler
couplingS equals 2d0 /(Vbat1c)2. In doing this the bat can
ignore its flight speedVbat, since its influence on the out-
come is negligible between 0 and 10 m/s. If the bat can
project the received delay to its position during pulse emis-
sion, its perceived distance to the target is without offset. The
disadvantage of the DOF strategy is that prediction of dis-
tance is needed to measure distance. In the results we de-
scribe how the accuracy of prediction affects the accuracy of
the eventual measurement.

In this paper we used the start of the pulse as a time
marker from which range is measured. This choice is arbi-
trary. The position of the time marker affects the result since
the Doppler compression of the pulse is stronger than the
compression of the traveling time of the pulse.

All models and calculations referred to in this paper
were written inMATLAB ~Mathworks, Natick, MA!, version
5.3.0 with signal processing and statistics toolboxes.

C. The filterbank model

We compared the measurements of Doppler tolerance
and range–Doppler coupling using cross correlation with the
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results obtained with the SCAT-filterbank model~Saillant
et al., 1993!, by using a script written by Peremans and Hal-
lam ~1998!. SCAT is an echo processing model based on
neurophysiological findings~Suga, 1990!, which achieves a
similar ranging accuracy as found in behavioral experiments
on bats~Saillantet al., 1993!. In our study we used the co-
chlear and spectrogram correlation blocks, leaving out the
spectrogram transformation block. For a further discussion
of the SCAT model, see Masters and Raver~2000!. The out-
put of the SCAT model mimics neural activity over a range
axis, with each neuron representing a different delay~delay-
tuned neurons!. In our study, the filterbank of the cochlear
block was adjusted to the emission by ordering the frequency
lines according to the sweep function that was used in the
pulse. Echoes were Doppler shifted as in the cross-
correlation model. This causes a mismatch between echo and
filterbank, resulting in a change in delay~offset! and in Dop-
pler tolerance.

For the alignment of pulse and echo in the ‘‘correlation
process,’’ the same conventions were used as in the cross-
correlation model with the delay measured between the start-
ing points of pulse and echo andTref50.

In the case of the filterbank model, delay was measured
as the delay belonging to the most strongly stimulated neu-
ron of the delay-tuned neurons. Offset at each speed was
measured by subtracting the delay atVbat50 from the delay
at that particular speed. Doppler tolerance was measured as
the number of delay-tuned neurons activated at greater than
half the level of the maximum value, while ignoring the
delay-tuned neurons activated at this maximum value. In this
way Doppler tolerance was effectively measured as ‘‘sur-
round peak activity,’’ representing neural activity around the
actual delay perceived by the bat. We only used artificial
calls to compare the performance of the SCAT filterbank
with cross correlation.

D. Echolocation calls

Artificial echolocation calls of bats were generated using
a sampling rate of 1 MHz. To simulate a natural amplitude
envelope, the waveform of each call was amplitude weighted
using a tanh window over the first and last third of the call.
The frequency–time course of each bat call was modeled
using seven functions whose equations can be found in Par-
sons and Jones~2000!. All of these functions allow the cur-
vature of the frequency–time course to be adjusted, except
the exponential1, linear, and hyperbolic function. The artifi-
cial calls were also varied in duration and frequency range.

Curvature, in this paper, is defined as the time span rela-
tive to half the pulse duration between the instant the center
frequency is reached and the instant half the duration is
reached~Fig. 5!. When a pulse is linear, the instant when the
center frequency is reached is equal to the instant where half
the duration is reached, causing a time span of zero, and
therefore a curvature of 0%. Convex pulses would cause a
negative curvature.

The cross correlation was also executed on real bat calls,
recorded in the field~for details see Parsons and Jones,
2000!. As with the artificial calls, the real calls were corre-
lated with Doppler-shifted versions of them, thus simulating

different flight speeds. Calls were Doppler shifted by com-
pressing them in the time domain, and corrected for sam-
pling errors arising from this compression. To generate an
‘‘average’’ artificial call for each bat species, real bat calls
were ascribed a certain sweep function by reconstructing the
frequency–time course of the dominant harmonic, following
the methods described in detail by Parsons and Jones~2000!.
Pulses of the long-eared batPlecotus aurituscontained
strong harmonics and were therefore individually submitted
to a cross-correlation analysis. The same was done forPip-
istrellus pipistrellusand Pipistrellus pygmaeus, since their
calls were expected to exhibit a different response in a cross-
correlation analysis than in a filterbank analysis~see Sec.
III !. The FM component of eachPipistrellus call was ex-
tracted from the entire pulse with its endpoint defined as the
time where it first reaches the frequency 4% above the peak
frequency of the entire call. This peak frequency was calcu-
lated with an FFT. The last 25% duration of the extracted FM
component was first tapered with a Hann window before
subjecting it to a cross-correlation analysis.

III. RESULTS

A. Filterbank model and cross correlation: Doppler
intolerance

The acuity with which a target is defined in space de-
creases with increasing flight speed. This Doppler intoler-
ance is displayed in Fig. 2 for a pulse sweeping down from
65 to 25 kHz in 5 ms and 75 to 25 kHz in 2 ms, respectively.
The extent of Doppler intolerance, i.e., how quickly acuity
degrades with flight speed, depends on curvature. The cou-
pling between acuity and flight speed is nearly zero for cur-
vatures close to a hyperbolic sweep in both receiver types.
The near-hyperbolic curvature that is used in Fig. 2 is 44%
for the pulse from 65 to 25 kHz and 50% for the pulse
sweeping down from 75 to 25 kHz. Both the cross-
correlation and the filterbank model show decreased Doppler
tolerance with decreasing curvature. According to both mod-
els, acuity decreases dramatically at moderate and high flight
speeds if linear or convex curvatures are used. For example,
using a linear sweep from 75 to 25 kHz in 2 ms, the Doppler
intolerance is 12.4ms/~m/s!. A linear sweep from 65–25 in 5
ms results in a Doppler intolerance of 39.1ms/~m/s!. These
latter two figures are a measure of the widening of the enve-
lope of the cross-correlation function due to flight speed.

The cross correlation and SCAT receiver agree less well
at strong curvatures. In the cross-correlation receiver, the
length of the constant frequency component~more prominent
at strong curvatures! will effectively define the width of the
envelope of the cross-correlation function. If the length of
the CF component is relatively short compared to the band-
width of the FM component, Doppler tolerance will be de-
fined by the FM component. However, as flight speed in-
creases, the peak in the cross-correlation function caused by
the FM component will gradually merge with the wide zone
of correlation caused by the CF component, causing Doppler
tolerance to decrease. The SCAT model is more robust to the
presence of a CF component at strong curvatures, as this
affects only a very limited proportion of all frequency chan-
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nels. Therefore, as long as the signal contains a wideband
FM component Doppler tolerance will not decrease dramati-
cally at strong curvatures in the filterbank receiver.

B. Filterbank model and cross correlation:
Range–Doppler coupling

For linear to moderately strong curvatures the cross-
correlation technique and the SCAT model result in similar
range–Doppler couplings~Fig. 3!. Curvatures close to hyper-
bolic in particular give rise to virtually identical range–
Doppler couplings. The general trend exhibited by both re-
ceiver types is a decreasing range–Doppler coupling with
decreasing curvature. The same differences between the re-
ceiver types that cause Doppler tolerance to be different at
strong curvatures also cause range–Doppler coupling to dif-
fer at strong curvatures. The peak of the cross-correlation
function is ‘‘drowned’’ in the noise as the CF component
becomes dominant, resulting in a stronger range–Doppler
coupling at increasing curvature. As explained above, the
SCAT model is less affected by a CF component. Since an
increasing curvature means an increased sweep rate for the
FM component, the SCAT model effectively processes the
same bandwidth within a shorter duration, leading to a de-
crease in range–Doppler coupling. This explains the differ-
ence between the two receiver types at strong curvatures.
Linear pulses lead to a low range–Doppler coupling. Convex

pulses, however, can reduce range–Doppler coupling even
further in the SCAT receiver, whereas Doppler intolerance
caused by the convex curvature increases range–Doppler
coupling in the cross-correlation receiver. The influence of
all pulse parameters described below are based on the cross-
correlation receiver.

C. Pulse duration

Short pulses~,1 ms! over a broad bandwidth result in a
good Doppler tolerance for flight speeds up to 8 m/s, even
for linear and strong curvatures@Figs. 4~a! and ~c!#. The
curvatures used in Figs. 4~a! and ~c! are 16% and 49%, re-
spectively. For a pulse sweeping down from 75–25 kHz,
pulse durations longer than 1 ms already cause a strong cou-
pling between acuity and flight speed. Both curvatures show
a fairly similar pattern of decreasing Doppler tolerance with
increasing pulse duration. Complete Doppler tolerance
would be achieved only at all pulse durations if the curvature
is close to hyperbolic. The effect of optimizing Doppler tol-
erance by making the pulse hyperbolic is most dramatic at
long pulse durations. The same is also true for range–
Doppler coupling; the longer pulse duration, the bigger the
difference in range–Doppler coupling between linear and
strongly curved sweeps@Figs. 4~b! and ~d!#. At short pulse
durations the effect of curvature on range–Doppler coupling
is least profound. Short pulses therefore result in low offsets

FIG. 2. Comparison between the performance of the cross-correlation and
the SCAT model, using pulses of different curvatures~x axis!. The top panel
~A! shows the Doppler intolerance incurring with a pulse sweeping down
from 65–25 kHz in 5 ms. The lower panel~B! shows the same for a pulse
sweeping down from 75–25 kHz in 2 ms. The units along thex axis range
from zero curvature~linear! to moderately strong curvature~QCF portion
starting to level out!. An exponential 2 function was used to model the
pulses. Strong curvatures result in different results for the two receiver mod-
els due to the QCF component being processed differently~see Secs. III A
and III B!.

FIG. 3. Comparison between the performance of the cross-correlation and
the SCAT model, using pulses of different curvatures~x axis!. The top panel
~A! shows the range–Doppler coupling incurred with a pulse sweeping
down from 65–25 kHz in 5 ms. The lower panel~B! shows the same for a
pulse sweeping down from 75 to 25 kHz in 2 ms. The units along thex axis
range from zero curvature~linear! to moderately strong curvature~QCF
portion starting to level out!. An exponential 2 function was used to model
the pulses.
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at all speeds, whereas long pulses give rise to increased off-
sets at high speeds, especially at strong curvatures.

D. Bandwidth

When varying bandwidth, the rate of change in fre-
quency over time was kept inversely proportional to band-
width; in other words, curvature was kept constant. The in-
fluence of bandwidth on Doppler tolerance and range–
Doppler coupling was measured at curvatures of 20% and

50%. The Doppler tolerance of the call with 20% curvature
~4 ms! starting at 75 kHz was maximized at a bandwidth of
30 kHz, whereas the Doppler tolerance of the call with 50%
curvature was maximized at a bandwidth of 50 kHz. From
our calculations it becomes clear that a decreasing bandwidth
leads to less Doppler tolerance. This intolerance can be mini-
mized by reducing curvature. Therefore, it can be said that
bandwidth offsets optimum curvature negatively. In other
words, a narrow bandwidth pulse has to be more linear than
a broad bandwidth pulse to result in the same Doppler errors.

FIG. 4. The influence of pulse dura-
tion on Doppler intolerance~A,C! and
range–Doppler coupling~B,D! for a
pulse sweeping down from 75–25
kHz. Figures 4~A! and~B! represent a
curvature of 16%, while Figs. 4~C!
and ~D! represent a curvature of 49%.
These curvatures are too low to cause
Doppler tolerance in any of the pulses
of long duration~.2.5 ms!.
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This is also shown in Fig. 5, in which pulse b is more linear
than pulse a, while both are Doppler tolerant~hyperbolic!.
Since the curvature of a hyperbolic function decreases with
decreasing bandwidth it always maximizes Doppler toler-
ance, independent of bandwidth. If the bandwidth of a call
covers less than one octave~Hf/Lf ratio ,2, see ‘‘absolute
frequency’’!, lowering bandwidth leads to decreased Doppler
tolerance. Range–Doppler coupling decreases with increas-
ing bandwidth, regardless of curvature. The range–Doppler
coupling we found with various hyperbolic pulses corre-
sponds with an equation published by Glaser~1974!

r–D coupling52Vbat/cTpulsef 2 /~ f 1– f 2!, ~10!

in which Tpulse denotes the duration of the pulse,f 1 is the
highest frequency, andf 2 is the lowest frequency of the
pulse.

E. Absolute frequency

Absolute frequency affects the ratio between the upper
and lower frequency~Hf/Lf ratio!. A ratio of 2 or higher
leads to Doppler tolerance if curvature is hyperbolic. If the
ratio is increased from 2 by lowering the lower frequency,
Doppler tolerance is maintained. Range–Doppler coupling,
however, will continue to decrease when the Hf/Lf ratio is
increased beyond 2. Figure 5 shows two pulses~a and b!
having a different bandwidth, but the same range–Doppler
coupling because of identical Hf/Lf ratios Eq.~10!. Since the
pulses are hyperbolic, both are Doppler tolerant~Hf/Lf 52!,
but the acuity is higher for pulse b than for pulse a, as a has
a broader bandwidth.

F. Harmonics

The influence of harmonics on the two types of Doppler
errors was investigated for an artificial signal similar to those
used byEptesicus, sweeping from 60–25 kHz in 4 ms, with
a curvature of 61%~hyperbolic544% with this pulse!. Dop-
pler tolerance is achieved only if the second harmonic is
stronger than26 dB and the third212 dB relative to the
fundamental. When using an optimal~hyperbolic! curvature,
adding strong harmonics will improve acuity while Doppler
tolerance is maintained. Harmonics hardly affects offset, re-
gardless of their relative strength.

G. Different functions

Doppler tolerance can also be achieved with functions
other than hyperbolic, providing that their curvature can be
adjusted to approximate a hyperbolic call@Fig. 6~a!#. Al-
though the curvature of a parabolic call can be adjusted,
increasing the curvature beyond a certain level causes an
upward sweep after the downward sweep, a phenomenon
rarely observed in real bat calls. The maximum level of cur-
vature causing only a downward sweep is insufficient to de-
couple acuity and flight speed to the same extent as with the
other adjustable functions. Figure 6 therefore displays only
curvature values of a parabolic function causing a downward
sweep. The power and logarithmic functions are also limited
in the amount of curvature that can be applied to them. Forc-
ing a strong curvature in these functions results in the start of
the call decreasing in frequency almost instantaneously with
the rest of the sweep remaining virtually linear.

The low curvature values of, for example, the power
function are therefore not perfectly comparable to the same
low curvature values of the exponential 2 function, which
levels out in a constant frequency. This explains why the
decrease in Doppler tolerance is more dramatic for the expo-
nential 2 function at decreasing curvature than it is for the
other functions.

The logarithmic, exponential1, exponential2, and hyper-
bolic function agree fairly well in the amount of range–
Doppler coupling they cause@Fig. 6~b!#. The power function
fits the pattern less well, probably because changes in curva-
ture mainly affect the upper frequency region of the pulse,
rather than the lower region. The optimum curvature to cause
Doppler tolerance for each function does not appear to have
any particular effect on the range–Doppler coupling. When
four of the functions displayed in Fig. 6 are set to approxi-
mate a hyperbolic function, they result in the following
range–Doppler couplings~requiredTref values for a target at
1 m in brackets!: hyperbolic: 18.2~26.0 ms!, logarithmic:
19 ~26.1 ms!, power: 23.8~27.0 ms!, and exponential2:
16.3~25.7 ms! ms/~m/s! for a pulse sweeping down from 65
to 25 kHz in 5 ms. The values forTref were calculated using
Eq. ~7!.

H. Real bat calls

The two Myotis species whose calls were analyzed are
examples of bats that use short duration pulses with a high
ratio between highest and lowest frequency~Hf/Lf ratio!
caused by the broad bandwidth of their pulses. Since both

FIG. 5. Two hyperbolic pulses A and B sweeping down from 80 to 40 kHz
and 50 to 25 kHz in 4 ms, respectively. Since the bandwidths of the two
pulses are different, their curvatures differ to make both pulses hyperbolic.
Curvature is defined as the time span from the center frequency to half the
pulse duration, divided by half the pulse duration. Since call A has an Hf/Lf
ratio identical to call B, range–Doppler coupling is equal between the two
pulses. Both pulses also show Doppler tolerance, the absolute values of
acuity being lower than for pulse A than for pulse B, due to its broader
bandwidth.

623J. Acoust. Soc. Am., Vol. 113, No. 1, January 2003 Boonman et al.: Ranging performance in frequency modulated bats



species generally emit calls longer than 1 ms, Doppler toler-
ance depends on the curvature of the pulse~see Sec. III C!.
Recordings of bothMyotis species were made outdoors of
individuals that were released from the hand and hence flew
slowly in a relatively cluttered environment. The one real
pulse ofMyotis daubentoniithat was analyzed happened to
be Doppler tolerant@0.1 ms/~m/s!#, but most calls emitted by
this species are not Doppler tolerant. This is shown by the fit
to the average pulse function of this species~second row for
each species in Table I!. SinceMyotis nattereriemits calls
with a higher Hf/Lf ratio, range–Doppler coupling inMyotis
nattereri is lower than inMyotis daubentonii, in this case
even negative.Myotis nattereri often ~at least in clutter!
emits calls that are nearly linearly frequency modulated and
are therefore Doppler intolerant~Table I!. Both Myotis spe-
cies seem to use pulses to reduce range–Doppler coupling,
rather than to optimize Doppler tolerance, at least during
slow flight in a cluttered environment.

The echolocation calls ofEptesicusand Nyctaluswere
recorded while they were flying in open or partly open envi-
ronments. The calls of these bats consist of an FM compo-
nent, and a component which is more constant in frequency
~quasiconstant frequency; QCF, Kalko and Schnitzler, 1993!.
In a cross-correlation analysis, a QCF component can be
longer than a CF component before it ‘‘drowns’’ the peak in

the cross-correlation function caused by the FM component
~see Secs. III A and III B!. Calls with a long duration and a
narrow bandwidth inEptesicusandNyctalusoften have such
a long duration that the cross-correlation values of the FM
component are drowned, despite the QCF character of the
pulses. This effect is shown in Table I by the values of Dop-
pler tolerance and range–Doppler coupling for the average
Nyctalus noctulaand Nyctalus leislericall. The real calls
from Eptesicus serotinusandNyctalus leislerithat were se-
lected for analysis had a moderate curvature, which leads to
similar results using either a filterbank or a cross-correlation
analysis. As expected for calls with a relatively low Hf/Lf
ratio ~narrow-band! and a long duration, the range–Doppler
coupling is high while Doppler tolerance is low. Doppler
tolerance is better for the single call ofNyctalus leislerithan
for Eptesicus serotinus, but most calls emitted by these spe-
cies, especially in open areas, seem to be too curved to
achieve a high Doppler tolerance.

Calls emitted by most European Pipistrelle bats consist
of a clear FM and QCF component, with little variation in
the duration of the FM component~Kalko and Schnitzler,
1993!. Because the QCF component of calls emitted by Pip-
istrelle bats is very constant in frequency, even a short-
duration QCF component will drown the peak in the cross-
correlation function associated with the FM component of

FIG. 6. The influence of the function used to model bat
echolocation calls. The exponential 2 function causes a
stronger Doppler intolerance at strong curvatures than
other functions, due to its property of leveling out in a
constant frequency at the end of the pulse~see Secs.
III A and III B !. The power function causes a stronger
range–Doppler coupling at strong curvatures than most
other functions since its low-frequency portion remains
linear when a strong curvature is applied.
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the call. From the analyses with the SCAT filterbank model it
was revealed that a pure QCF component hardly affects a
filterbank receiver as very few neurons are triggered by this
component~see Sec. III B!. For this reason we chose to ana-
lyze only the FM component of each call. To extract the FM
component we followed the procedure described in Sec. II.

Our analysis revealed that the pulse design in both Pip-
istrelle bats is less flexible than in the other bats we describe
here. The average duration of the FM component inPipi-
strellus pipistrellusis 1.5 ms~s.d.50.4 ms;n522). In Pipi-
strellus pygmaeusthe average duration of the FM component
is 1.8 ms~s.d.50.3 ms;n576). The curvature of the FM
component inPipistrellus pipistrellusis always close to hy-
perbolic, resulting in a Doppler tolerance of 4.44ms/~m/s!
(n522). Pipistrellus pygmaeusis less Doppler tolerant with
12.3ms/~m/s! (n576). This difference in Doppler tolerance
between the two species is likely to be caused byPipistrellus
pygmaeususing pulses that are less hyperbolic than inPip-
istrellus pipistrellus, since both species show the same Hf/Lf
ratio ~1.6–1.7! ~Vaughanet al., 1997; Parsons and Jones,
2000!. The values of the range–Doppler coupling are 27.1
ms/~m/s! and 24.2ms/~m/s!, respectively. The inflexible pulse
design in the two Pipistrelle species means that range–
Doppler coupling can only be controlled by varying the
Hf/Lf ratio of the pulse.

The calls emitted byPlecotusrecorded in a relatively
cluttered environment showed good Doppler tolerance~see
Table I!, which is achieved by the harmonic composition of
its pulses~see Sec. III F! and the relatively short pulse dura-
tion of 1.4 ms for the 22 calls that were analyzed. The aver-
age range–Doppler coupling of these 22 calls is 12.8ms/~m/
s!. This is the same value as found for a pulse ofMyotis
daubentonii, despite this species having a much broader
bandwidth. However, since the first harmonic ofPlecotus
auritus sweeps over relatively low frequencies, the Hf/Lf
ratio is reduced little, despite the limited bandwidth. An ad-

ditional reduction of range–Doppler coupling is achieved in
this species by using a short pulse duration.

The calls emitted byPlecotusin an open environment
showed good Doppler tolerance~see Table I!, which is
achieved by the harmonic composition of its pulses~see Sec.
III F !.

I. The influence of prediction accuracy on accuracy
of the measurement

In Sec. II B, we described an alternative way of using a
reference time in the past (Tref) by emitting a pulse whose
range–Doppler coupling is equal to the negative range–
Doppler coupling that results from relating the measured de-
lay to a moment during pulse emission. Since the bat has to
adjust the frequency–time structure of the pulse to the dis-
tance of the target, we call this strategy a distance of focus
~DOF! strategy. Equation~9! shows what range–Doppler
coupling is required to focus on the distanced0 to obtain the
correct estimate of distance.

The apparent disadvantage of the DOF strategy is that a
bat has to predict distance in order to measure it correctly.
However, the following calculation will show that this esti-
mation can be very rough while the bat will still get accurate
information on the actual distance. If the actual distance
from bat to target is 80 cm, but the bat predicts it to be 1 m,
according to Eq.~9!, the emitted pulse will have a range–
Doppler coupling of 16.5ms/~m/s!, instead of 13.2ms/~m/s!.
At a flight speed of 5 m/s, this means the target will appear
~16.5–13.2!353343/200052.8 mm further than its real dis-
tance. This means that the error in prediction~200 mm! was
reduced 70 times in the eventual perception. Rather than er-
rors in prediction, errors in pulse design under the right pre-
diction should be regarded as the main source of error, if bats
used a DOF strategy. From Eq.~10! it can be derived that
slight shifts in start- or end frequency will affect the range–

TABLE I. Range–Doppler coupling, distance of focus~DOF!, Doppler tolerance, the number of real calls used,
and the number of averaged call parameters to describe the average function for eight species of bat. Upper data
in each cell denote a real pulse, lower data denote the average pulse, modeled by the best fitting function. The
data of both Pipistrelles refer to the FM component of the real pulses only. The data ofPlecotus auritusrefer
to real pulses only. The additional range–Doppler couplingt travel– t1 is not taken into account.

Species Function type

# Real calls
# Model.

calls

Range–
Doppler
ms/~m/s!

Distance
of focus

~cm!

Doppler
intolerance
ms/~m/s!

Myotis daubentonii no function 1 12.8 78.0 0.1
power 1 24 10.4 63.4 11.8

Myotis nattereri no function 1 22.6 215.8 12.2
power 1 39 22.4 214.6 21.8

Eptesicus serotinus no function 1 30.5 185.0 18.7
exponential 2 14 19.8 120.7 53.9

Nyctalus noctula no function 1 132 804.0 98.9
exponential 2 13 297 1801.0 392.0

Nyctalus leisleri no function 1 18.9 115.0 6.6
exponential 2 16 24.0 146.3 78.5

Pipistrellus pipistrellus no function 22 24.2 147.5 4.4
n.a. n.a. n.a. n.a. n.a.

Pipistrellus pygmaeus no function 76 27.1 165.1 12.3
n.a. n.a. n.a. n.a. n.a.

Plecotus auritus no function 22 12.8 78.0 2.0
n.a. n.a. n.a. n.a. n.a.
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Doppler coupling of a hyperbolic pulse. This effect will be
less dramatic when pulses with a broad bandwidth are used.

We calculated the distance on which the typical echolo-
cation calls of the eight investigated bat species are focused
~Table I, third column!. The calculated distances seem to
correspond with the maximum prey detection distance of
each bat species. The only exceptions areMyotis nattereri
and Nyctalus noctula. In the former species the DOF was
calculated to lie behind it, whereas it lies too far ahead in the
latter species.

IV. DISCUSSION

In this paper, pulse design in FM bats has been ex-
plained in terms of minimizing ranging errors. It may well be
that many other factors, such as optimizing detection, as in
the case of the signals used byNyctalus noctulaflying in
open air~Table I!, play a more important role in governing
the signal design used by FM bats. The further away a bat is
from a target, the less precise its estimate of target distance
needs to be. The relevance to bats of different signal designs
with respect to Doppler effects as we describe in this paper
can therefore be questioned. Another reason for caution is
that the bat’s echo processing system may differ from the
models used in this study. However, several independent
studies show that bats must possess a very accurate echo
processing mechanism~Moss and Schnitzler, 1995!. The
echo processing mechanism of bats is therefore likely to ex-
hibit some similarities in the responses to Doppler shifts to
the models used in this study. Although it is still unclear if
bats reduce range–Doppler coupling through pulse design,
our results show that this source of error is significant to
bats. Moss and Schnitzler~1995! summarize the ranging ac-
curacy in six species of bats, stating it to vary between 8 and
15 mm ~46–87 ms!. Recent experiments on distance dis-
crimination in the big brown batEptesicus fuscususing
acoustic playbacks~phantom targets! of the emitted call
show a lower limit of 6 mm~35 ms! for discriminating be-
tween two different echo arrival times~Masters and Raver,
1996; Masterset al., 1997; Masters and Raver, 2000!. The
actual ability of the bat to measure distance to a target could
even be better than this figure as a result of the uncertainty in
triggering the phantom echo in these experiments~Masters
et al., 1997!. For our averageEptesicus serotinuspulse
~nearly identical in pulse design toEptesicus fuscus! we
found a range–Doppler coupling of 19.8ms/~m/s!. This
means that the target would be seen displaced at a flight
speed higher than 1.8 m/s, which is nearly always the case in
Eptesicus. This range–Doppler coupling is without the
distance-dependent range–Doppler couplingt travel– t1 . If the
bat tries to estimate its distance to a target at 2-m distance,
this would cause an additional range–Doppler coupling of 33
ms/~m/s!. The total range–Doppler coupling would therefore
be 52.8ms/~m/s! at 2-m distance from a target. Table I shows
that range–Doppler coupling, especially with the additional
error t travel– t1 , must be of relevance to bats, since the result-
ing error would be clearly noticeable by the bat. This fact has
not been pointed out before. Bats can remedy this problem in
a number of ways, by signal design, special timing strategies,
or both, as described in the methods of this paper and dis-

cussed below. Masters and Raver~2000! hypothesize that
Eptesicushas a linear error correction system~LEC! that will
make the bat tolerant to Doppler shifts, even with a not op-
timally Doppler-tolerant pulse design. LEC works by cor-
recting for linear trends in range estimates across frequency
channels. In this way, errors due to Doppler shifts~and other
echo manipulations! are eliminated and accuracy remains un-
affected ~Masters and Raver, 2000!. A possible reason for
bats to reduce Doppler intolerance is to minimize Doppler-
induced ‘‘smearing’’ of targets, which would make it harder
to resolve target structure from echoes~Simmons and Chen,
1989!.

The pulse design employed by the twoMyotis species
investigated in this paper seems to be suited more to reduce
range–Doppler coupling than to Doppler tolerance, at least
during slow flight in a cluttered environment. This is espe-
cially pronounced inMyotis nattereri, which will often use
convex pulses~Siemers and Schnitzler, 2000!, but other
Myotis species also use near-linear frequency-modulated
pulses while flying in a cluttered environment~Siemers,
2000!. It may be that the low flight speed of these bats when
using linear FM pulses may not necessitate the use of a
Doppler-tolerant pulse design. The question remains, how-
ever, if Myotisbats sometimes use hyperbolic pulses~Myotis
daubentonii, Table I!, what is the advantage of switching to a
linear pulse design in clutter?

The echolocation used byEptesicusand Nyctalus in
open environments seems to be designed primarily to im-
prove detection and not range resolution. However,Eptesicus
serotinusis known to chase insects into vegetation and will
need a good ranging resolution in such circumstances. Dur-
ing ranging experiments, where optimum pulse design with
regard to ranging is expected,Eptesicus fuscus, a species
very similar toEptesicus serotinus, uses a pulse design that is
more curved than hyperbolic~Masterset al., 1991!. In situ-
ations close to a target, the second harmonic may be strong
enough to reduce Doppler intolerance. Judging from field
recordings ofEptesicus serotinusmade by Jensen and Miller
~1999!, it seems unlikely that the harmonics produced by
Eptesicus serotinuswill substantially improve Doppler toler-
ance when ensonifying targets at 2 m or further, since the
second harmonic is already28 dB, and the third222 dB
relative to the first harmonic at 4 m~2 m back and forth!
distance. Since the second harmonic used byPlecotusis of-
ten as strong as the first harmonic, as in other bat species
using multiple harmonic FM calls~Phyllostomidae, Megad-
ermatidae!, it will affect the Doppler tolerance gained with
the signal. Since range–Doppler coupling is not affected by
harmonics, the two errors can be manipulated independently
by using a specific curvature and harmonic composition.
Simmons and Stein~1980! did find an influence of a har-
monic on range–Doppler coupling of a pulse sweeping down
from 50 to 20 kHz for a simulated flight speed between 0 and
2 m/s. It is possible that the influence does not persist when
range–Doppler coupling is plotted on a rougher scale be-
tween 0 and 8 m/s.

In the Methods section we argued why a reference time
in the past (Tref) would be hard to implement by bats, and
instead proposed an alternative strategy, fairly similar to
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Tref . We referred to this alternative strategy in the results as
distance of focus, or DOF.

There are other solutions to the range–Doppler coupling
problem. One of these solutions is the use of rate range in-
formation ~Wenstrup and Suthers, 1984; Tanaka and Wong,
1993!. This means that a bat measures its flight speed by
comparing consecutive measurements of delay. Each of these
measurements is offset due to the flight speed of the bat and
the range–Doppler coupling of each pulse, but these would
cancel if both factors remained constant. Masterset al.
~1991! investigated the effect of Doppler tolerance on rang-
ing acuity, and showed that increasing the length of the pulse
interval decreases velocity uncertainty. This is because acuity
then becomes less significant relative to the interval over
which velocity is measured. However, since each indication
of speed is the average in between the two emissions it also
becomes less accurate in reducing the ranging error with in-
creasing pulse interval. To reduce range–Doppler coupling
the optimum pulse interval would be zero, but this is not true
if acuity is taken into account as explained above.

V. CONCLUSIONS

This paper describes the errors in measuring the distance
of objects bats will encounter in flight, argues that some of
these errors are noticeable by bats, and describes how pulse
design and delay timing strategies could help in reducing
these errors. First, we argue why we think our cross-
correlation analyses on bat pulses are applicable to a bat-like
~filterbank! receiver by showing the similarity in perfor-
mance between the filterbank receiver and cross-correlation
analysis of linear to moderately curved pulses~Figs. 2 and
3!. We also argue that the curvature of the signal, rather than
the function used to model it, is of importance with respect
to error reduction in range estimation in bats in flight~Fig.
6!. In separating the ranging errors due to ‘‘Doppler intoler-
ance’’ and ‘‘range–Doppler coupling,’’ we confirmed that hy-
perbolic pulses lead to Doppler tolerance if their Hf/Lf ratio
is 2 or higher, but found a strong range–Doppler coupling
for these signals if we assume the target is perceived when it
is received (Tref50). Linear pulses with a high Hf/Lf ratio
reduce range–Doppler coupling, but such pulses are Doppler
intolerant. This means that if linear pulses are used at high
speed the target will appear at the correct location, but its
spatial location will be poorly defined.

Signals of different curvatures can be found in the group
of Myotis bats, but in cluttered conditions linear FM sweeps
~low range–Doppler coupling, but Doppler intolerant! are
used most frequently. Since the implementation ofTref to
reduce Doppler errors does not seem biologically feasible,
we propose DOF as an alternative strategy for eliminating
Doppler errors with a single pulse, or else range rate infor-
mation over at least two pulse–echo pairs. Our calculations
and examples show that more research is needed to establish
if the pulse structure used by different bat species is an ad-
aptation to Doppler errors, to a fixed sensitivity of the filter-
bank, or to both.
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Measuring hearing in the harbor seal (Phoca vitulina):
Comparison of behavioral and auditory brainstem
response techniques
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Auditory brainstem response~ABR! and standard behavioral methods were compared by measuring
in-air audiograms for an adult female harbor seal~Phoca vitulina!. Behavioral audiograms were
obtained using two techniques: the method of constant stimuli and the staircase method. Sensitivity
was tested from 0.250 to 30 kHz. The seal showed good sensitivity from 6 to 12 kHz@best
sensitivity 8.1 dB~re 20 mPa2

•s! RMS at 8 kHz#. The staircase method yielded thresholds that were
lower by 10 dB on average than the method of constant stimuli. ABRs were recorded at 2, 4, 8, 16,
and 22 kHz and showed a similar best range~8–16 kHz!. ABR thresholds averaged 5.7 dB higher
than behavioral thresholds at 2, 4, and 8 kHz. ABRs were at least 7 dB lower at 16 kHz, and
approximately 3 dB higher at 22 kHz. The better sensitivity of ABRs at higher frequencies could
have reflected differences in the seal’s behavior during ABR testing and/or bandwidth characteristics
of test stimuli. These results agree with comparisons of ABR and behavioral methods performed in
other recent studies and indicate that ABR methods represent a good alternative for estimating
hearing range and sensitivity in pinnipeds, particularly when time is a critical factor and animals are
untrained. ©2003 Acoustical Society of America.@DOI: 10.1121/1.1527961#

PACS numbers: 43.80.Lb, 43.80.Nd@WA#

I. INTRODUCTION

Audiometric testing of pinnipeds usually has been con-
ducted using standard psychoacoustic methods such as the
method of constant stimuli or the staircase method~Gelfand,
1998!. These methods have been used to determine hearing
sensitivities in the California sea lion~Schustermanet al.,
1972; Schusterman, 1974!, harbor seal~Mohl, 1968; Turn-
bull and Terhune, 1990; Terhune, 1991; Kastak and Schus-
terman, 1998!, elephant seal~Kastak and Schusterman,
1998!, harp seal~Terhune and Ronald, 1971, 1972!, northern
fur seal ~Moore and Schusterman, 1987; Babushinaet al.,
1991!, and ringed seal~Terhune and Ronald, 1975!. To date,
however, only a few individuals of each species have been
tested. The paucity of audiograms for most pinniped species
makes it difficult to establish normative hearing capabilities
and intra- and interspecies variation. Such information is
needed to interpret measures of hearing loss and to estimate
risk factors for populations of animals. To accomplish this,
hearing measurement techniques that are conducive to test-
ing multiple untrained animals must be refined.

The auditory brainstem response~ABR! method may be
used as an alternative for determining hearing sensitivity
across a range of frequencies. The ABR directly measures
whole-brain evoked potentials produced by neurophysiologi-
cal activity as it travels from the auditory nerve to the brain.
The ABR has been used to examine hearing sensitivities in a
variety of species, including harbor seals and California sea

lions ~Bullock et al., 1971!, bottlenose dolphins~Supinet al.,
1993; Ridgwayet al., 1981!, and killer whales~Symanski
et al., 1999!.

While both behavioral and ABR methods are useful for
determining hearing ranges and sensitivities, each has limi-
tations. Behavioral methods are preferred because they pro-
duce the most sensitive threshold measurements~Fay, 1988!.
Unfortunately, the animal training required prohibits testing
of free-ranging animals or large numbers of individuals. For
example, only four harbor seals have been tested since work
began on this species in 1968. The ABR presents an attrac-
tive alternative method to behavioral testing because it re-
quires less time to complete and no animal training. How-
ever, it usually yields higher thresholds~Katz, 1994! and is
less reliable at the extremes of an animal’s hearing range,
particularly at low frequencies~Erhet, 1983!. ABRs are gen-
erally thought to be 10–15 dB less sensitive than behavioral
methods~Gorgaet al., 1988!, but careful work with humans
has shown that an experienced investigator can obtain agree-
ment within 5–10 dB~Sininger, 1993!.

A comparison of behavioral and ABR measurements is
most useful when the two methods are performed on the
same individual, thus controlling for individual differences in
hearing sensitivity. One recent study measured audiograms
of two individual killer whales~Symanskiet al., 1999! using
both methods and found good agreement~65 dB!, suggest-
ing that the ABR can provide a good suprathreshold estimate
of hearing range and sensitivity in toothed whales~Ridgway
et al., 1981; Popov and Supin, 1990; Dolphin, 1995; Syman-
ski et al., 1995!.

The present study arose from a project investigating the
effects of low-frequency impulse noise on hearing sensitivity
in pinnipeds~Bowleset al., 1998!. The objective was to as-

a!Current address: Department of Biological Sciences, Florida International
University, University Park, Miami, FL 33199. Electronic mail:
larrywolski@yahoo.com

b!Current address: Department of Biological Sciences, University of Miami,
Miami, FL 33146.
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sess the potential for temporary threshold shifts~TTS! as a
result of exposure to simulated sonic booms in rehabilitated
pinnipeds of three species@California sea lions~Zalophus
californianus!, harbor seals~Phoca vitulina!, and elephant
seals~Mirounga angustirostris!#. Because behavioral meth-
ods are considered the ‘‘gold standard’’ for audiometric test-
ing ~Fay, 1988!, it was necessary first to establish that ABR
and behavioral methods yielded comparable results.

II. MATERIAL AND METHODS

A. Subject

The subject was an adult female harbor seal~NMFS No.
SWCPV9614B!. She was a beached, rehabilitated animal re-
siding at the Wild Arctic facility at SeaWorld, San Diego.
The seal was 4 years old at the time of testing and was naı¨ve
to testing procedures when the study began.

B. Behavioral methods

1. Experimental conditions

Behavioral testing was conducted between August 1998
and September 1999, following six months of behavioral
training to the experimental procedures. All testing was com-
pleted in an acoustic attenuation box that reduced ambient
noise by 10–20 dB from 200 Hz to 30 kHz, increasing in
attenuation with increasing frequency. The attenuation box
measured 1.7830.7630.76 m3 and was constructed from
1.3-cm-thick plywood and 5.25-cm-thick Sonex acoustic
foam~Fig. 1!. Two Polk M4 speakers were used in parallel to
generate sound stimuli. One speaker was mounted above and
to the side of the seal’s head during testing. The speaker was
approximately 1 m away and at a 45-degree angle to the
animal’s ear. A second speaker was mounted on the roof of
the box 1.2 m behind the seal’s head to reduce reflections,
thereby increasing the area around the head with an accept-
able variance of signal strength~,62 dB!.

Sound levels at each test frequency were calibrated be-
fore and after each trial block using ACO 7012 and ACO
7013 microphones and a Spectral Dynamics 780 Signal Ana-
lyzer. The microphones themselves were calibrated daily
with a Bruel & Kjaer 4228 pistonphone as well as a Bruel &
Kjaer 4230 acoustic calibrator. The calibration before each

test block was done with a ‘‘dummy’’ seal head in place at
the appropriate location, and a microphone at the approxi-
mate location of the seal’s meatus.

The seal was tested using a go/no-go procedure. Two
targeting stations were placed at one end of the testing box
~Fig. 1!. The seal was trained to enter the box on command
and station on the ‘‘ready’’ target~RT!. Each trial began with
the trainer giving an auditory command~‘‘target!’’ ! that cued
the seal to position herself at the RT. The seal nearly always
remained motionless with eyes closed while at the RT. Clo-
sure of the eyes was a convenient idiosyncratic behavior for
this animal—it reduced the chance that she could detect vi-
sual cues from the trainer. Latencies to tone onset after the
seal had positioned herself on the RT were varied from 3 to
8 s. When the subject heard a tone she touched the ‘‘yes’’
target~YT!, then returned to the RT. The seal had to move to
the YT within 2 s after the tone was played in order to re-
ceive a positive response score~hit!. A false alarm was
scored if the seal moved from the RT to the YT at any other
time during a trial session. If the seal touched the YT more
than 2 s after the tone, or not at all, the response was scored
as a negative response~miss! and the trainer gave an auditory
cue to signal the end of the individual trial. A false response
was scored if the seal touched the YT during a catch trial—a
trial performed with no stimulus to determine the rate of
spontaneous reactions.

Two to five testing blocks were conducted per day. Each
testing block consisted of 26 trials, with tones presented 70%
of the time, and catch trials 30%. Following each testing
block, the subject was allowed access to a holding pool. The
seal appeared strongly motivated to perform the experiments,
spontaneously entering the test box whenever the opportu-
nity was presented. If either the false response rate, false
alarm rate, or any combination of the two rose above 10% in
any given testing block, that testing block was terminated
and the animal was given a rest period before testing re-
sumed.

2. Method of constant stimuli (MCS)

Thirty percent of all behavioral trials~1111 of3699 tri-
als! were conducted using the method of constant stimuli.
Frequencies tested were 0.25, 0.50, 1.0, 2.0, 4.0, 6.0, 8.0,
10.0, 12.0, and 14.0 kHz. Tones~500-ms duration, 0.5-ms
rise-time, Blackman-filtered! were delivered using a laptop
computer and the Wave SE~Turtle Beach! software program.
Stimulus amplitudes were calibrated before each testing ses-
sion. A testing block consisted of one stimulus frequency
presented 18 times at various amplitudes interspersed with
blanks ~30% catch trial rate!. The presentation order of
stimuli was randomized by performing three iterations of the
MATLAB ~The MathWorks, Inc.! ‘‘randomize’’ function.
The minimum difference between any two stimulus ampli-
tudes was set at 5 dB to control for variability in signal
strength. Each stimulus frequency was tested in at least four
testing blocks for a total of approximately 80 trials per fre-
quency. The seal was reinforced verbally and with a food
reward for responding correctly to both tones~moving to the
YT! and catch trials~remaining on the RT!. False responses
were not reinforced.

FIG. 1. Sound isolation box illustrating targeting stations and locations of
speakers. A—Location of trainer during trials, B—speaker, C—location of
speaker mounted to the roof of the box, RT—ready target, and YT—yes
target.
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3. Staircase method (SM)

Seventy percent of all behavioral trials~2588 of 3699
trials! were completed using an adaptive up–down procedure
~Levitt, 1970! carried through at least five reversals, referred
to herein as the staircase method. Tone amplitudes were de-
creased in 5-dB increments until the seal’s response was
scored as a miss. Following a miss, the next tone was in-
creased by 10 dB. If the seal scored a hit on this tone, the
intensity was lowered in 5-dB increments until another miss
was scored. Each series of descending intensities was termed
a ‘‘descent.’’ Five descents were performed in each trial
block, resulting in five threshold measurements per block.
This approach was used to minimize the number of trials
needed to measure the seal’s thresholds and to ensure that the
relatively inexperienced seal was exposed to as few inaudible
stimuli as possible.

Frequencies tested were 0.25, 0.50, 1.0, 1.5, 2.0, 3.0,
4.0, 6.0, 8.0, 10.0, 12.0, 14.0, 16.0, 18.0, 20.0, 22.0, 25.0,
and 30.0 kHz. Tones were delivered using a Pragmatic
2411A Arbitrary Waveform Generator~ARB! and a Yamaha
P1150C amplifier. Each testing block consisted of 18 tone
presentations at a fixed frequency and eight randomly placed
catch trials~30% catch trial rate!. The seal was reinforced
only after correctly responding to tone trials. This change in
reinforcement schedule from the MCS method was desirable
because it reduced the number of trial blocks that had to be
eliminated due to a high false response rate~see Sec. IV!.

C. Determination of behavioral thresholds

For the MCS trials, the percentage of positive responses
was calculated for each decibel level presented during that
day’s trial session. The lowest level at which the animal re-
sponded positively 70% of the time was determined to be the
threshold. This percentage approximated the location on the
psychometric function that would be produced by the stair-
case method~Gelfand, 1998; Nachtigallet al., 2000!. Trial
blocks in which the false response rate, false alarm rate, or
both rose above 10% were excluded from the determination
of thresholds.

During SM trials, thresholds were determined by noting
the lowest intensity in each descent that scored a hit. The
midpoint between this intensity and the intensity at which the
animal scored a miss during that descent was considered the
threshold. This method yielded a threshold criterion of ap-
proximately 71%~Nachtigall et al., 2000!. Five thresholds
per trial block were generated, and the mean of these mea-
surements was taken as the threshold for the block.

For both methods, the sensitivity (d8) of the testing
paradigms was calculated using methods given in Elliott
~1964!, Swets~1964!, and Gelfand~1998!. Sensitivity was
used as a measure of the separation between the seal’s crite-
rion level for false responses to noise alone and correct re-
sponses to the noise-signal combination. It was calculated as
the difference in mean response level to the noise-signal

combination versus noise over the standard deviation of
all levels.

D. ABR experimental conditions

Evoked potential measurements were completed at the
Wild Arctic facility on 30 August 1999. During testing the
seal was placed on a restraint board fitted with 2-in nylon
straps and a neck board in order to minimize movements and
the range of head motion, and was sedated with diazepam
~0.15 mg/kg! to reduce muscle activity. This dosage is not
believed to affect ABR morphology or amplitude~Doring
and Daub, 1980!. Several other physiological parameters
were measured in addition to ABRs. Electrocardiogram
~ECG! electrodes were placed on opposite sides of the spine,
just posterior to the flippers, electrooculogram~EOG! and
electromyogram~EMG! electrodes were placed into the
muscle just above the eye, and a respiration band was fitted
around the rib cage.

E. ABR measurement

ABRs were measured using a Bio-Logic Traveler SE
computer running the Evoked Potential~EP! program. This
is a turnkey measurement system that can generate stimulus
waveforms and simultaneously acquire evoked responses.
Three platinum-iridium electrodes were inserted subdermally
on the seal’s head. The reference electrode was placed be-
tween the right auditory meatus and mastoid, the active elec-
trode was placed at the vertex of the head along the plane of
the reference electrode, and a ground was placed in the nape
of the neck. Impedances of electrodes were kept under 10 kV
and the differences between any two electrodes were kept at
3 kV or less.

F. ABR stimuli and presentation

Wideband stimuli~clicks! as well as tone bursts~2, 4, 8,
16, and 22 kHz! were presented. Stimuli were generated us-
ing the ARB. The Bio-Logic system collected all ABR re-
sponses. Each stimulus was five cycles in length, with two
cycles each for the rise and decay, and one cycle at the pla-
teau ~Hall, 1992!. The rise and decay were Blackman-
filtered. Clicks and tone pips were delivered at a rate of
29.3/s. This rate did not affect ABR waveform morphology
or amplitude, and allowed rapid testing at each stimulus am-
plitude. All waveforms in this experiment were presented
through a Polk M-4 Studio Tweeter. Levels were calibrated
with two ACO 7013 microphones, one of which was placed
at the approximate location of the seal’s meatus and oriented
towards the speaker as the meatus would be during trials
~‘‘ear microphone’’!. The other microphone was placed ap-
proximately 30 cm from the tweeter and 70 cm from the
animal’s head, and was used to verify stimulus levels during
trials ~‘‘reference microphone’’!. Sound levels presented dur-
ing the experiment were calibrated for the ear microphone
position and the corresponding reference microphone sound
level was noted. At the conclusion of the experiment, spectra
were recorded for all waveforms presented, both at high am-
plitudes and at near-threshold levels.
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G. Determination of ABR thresholds

Latency and amplitude of the most prominent ABR
waveform peaks were used to quantify responses. Response
waveforms were considered valid only if their electrical vari-
ability was within a pre-set range~1.2 mV!. Signals with
excessive myogenic noise or otherwise outside of the pre-set
range were discarded. Approximately 1000 valid response
waveforms were collected and averaged at each stimulus
level. For each frequency, stimulus level was dropped in
10-dB increments until the most prominent peak was re-
duced in amplitude. At this point the stimulus level was de-
creased in 5-dB increments until the peak could no longer be
detected. Two to five replicates were collected at each stimu-
lus level for each frequency. Thresholds were determined
post-hocby noting the lowest stimulus level where the most
prominent peak was detectable, repeatable in replicates, and
above the background noise of zero-amplitude ABR re-
sponses~60.3 mV!.

H. Comparison of stimulus levels

In order to directly compare audiograms using auditory
stimuli of different durations, a normalizing procedure was
followed to equate stimulus duration. Time waveforms for
each stimulus were recorded and the RMS~root-mean
squared! sound pressure~RMS SPL in Pascals! for each
stimulus intensity was calculated. Sound pressure was con-
verted to decibels~re 20 mPa!. The duration of the stimulus
was then used to calculate energy level in dBre 20 mPa2

•s.
In the following sections, the unit dB will always be refer-
enced to 20mPa2

•s.

III. RESULTS

A. Behavioral data

1. Method of constant stimuli (MCS)

Hearing threshold estimates for tones between 0.25 and
14 kHz were generated using the method of constant stimuli
~Table I!. The seal displayed best sensitivity at 12 kHz~14.7
dB!, with the best range~610 dB! between 6 and 14 kHz.
Thirteen of 79 testing blocks~16%! had false alarm rates
above 10% and were therefore not included in the analysis.
False response rates were,9% during catch trials.

2. Staircase method (SM)

The best sensitivity measured using the staircase method
was 8.1 dB at 8 kHz, and best range was 6–12 kHz~Table
II !. The seal displayed a notch in sensitivity centered at 2
kHz ~231 trials, 52 reversals!; thresholds at 1 and 3 kHz were
approximately 12 dB lower. Interestingly, a similar increase
in threshold near the same frequency~1.6 kHz! was observed
in an earlier study with a harbor seal~Kastak and Schuster-
man, 1998!.

The seal performed more consistently during SM trials.
False response rates were,6% during catch trials. Fewer

TABLE I. Mean hearing thresholds using method of constant stimuli.

Frequency
~kHz!

Threshold~dB
re 20 mPa2

•s!
RMS

Standard
deviation

~dB
re 20 mPa2

•s!
RMS

Threshold
~dB SPLre

20 mPa!

Total
no. of
trials

0.25 61.0 4.2 64.0 97
0.50 51.8 4.5 54.8 67
1.0 45.8 4.8 48.8 69
2.0 42.0 7.4 45.0 107
4.0 31.5 5.0 34.5 207
6.0 23.1 4.9 26.1 150
8.0 22.9 7.4 25.9 126

10.0 20.8 6.3 23.8 162
12.0 14.7 4.0 17.7 51
14.0 20.2 5.4 23.2 75

TABLE II. Mean hearing thresholds using descending staircase method.

Frequency
~kHz!

Threshold
~dB re 20 mPa2

•s!
RMS

Standard
deviation

~dB re 20 mPa2
•s!

RMS

Threshold
~dB SPLre

20 mPa!
No. of

reversals
Total

no. of trials

0.25 44.5 3.3 47.5 23 137
0.50 34.5 2.6 37.5 28 130
1.0 27.8 2.7 30.8 24 132
1.50 35.3 1.0 38.3 32 133
2.0 39.6 4.9 42.6 52 231
3.0 26.1 2.2 29.1 25 133
4.0 26.8 2.9 29.8 24 139
6.0 10.9 2.3 13.9 28 142
8.0 8.1 2.4 11.1 32 162

10.0 12.8 3.0 15.8 27 139
12.0 10.1 1.2 13.1 25 137
14.0 23.1 2.4 26.1 33 157
16.0 24.3 2.4 27.3 30 134
18.0 27.7 3.6 30.6 28 137
20.0 25.0 3.6 28.0 29 141
22.0 25.6 3.7 28.6 28 135
25.0 29.3 2.0 32.3 28 137
30.0 39.9 2.9 42.9 27 132
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testing blocks were discarded due to high false alarm rates as
well ~only 4 of 100!. Standard deviations for the SM method
were consistently smaller compared to the MCS method
~62.7 dBvs 65.4 dB!.

B. ABR data

ABRs stimulated by both clicks and tone bursts had
similar waveforms, with three large peaks~PI, PIII, PV! and
two smaller peaks~PII, PIV; Fig. 2!. At high intensities, the
ABR PI latency was 2 ms and PV latency was 5 ms. The
largest waveform peak, PIII, had a maximum amplitude of
0.98 mV, and occurred approximately 4 ms after the tone
onset at high intensities. Latencies of the ABR peaks in-
creased with decreasing amplitude, as expected~Hall, 1992!.

Thresholds could not be obtained at 8 and 16 kHz due to
high ambient noise levels at the time these frequencies were
tested~14 dB at 8 kHz, 12 dB at 16 kHz!. Thus, points on the
ABR audiogram at 8 and 16 kHz are best viewed as the
lowest response intensities that could be measured before
test stimuli were masked by ambient noise.

C. Comparison of ABR and SM audiograms

The more thoroughly tested behavioral hearing curve
~SM! was compared to the ABR curve~Fig. 3!. At 2 and 4
kHz, ABR thresholds were 5.3 and 5.1 dB less sensitive than
behavioral thresholds, respectively. At 22 kHz, the ABR
threshold was less sensitive than the behavioral threshold,
although the difference was small, 3.0 dB. ABR thresholds

FIG. 2. ABR waveforms generated
with ~a! clicks and~b! tone-bursts.

FIG. 3. Comparison of audiograms
generated by the DS method~squares!
and ABR method~circles!. Horizontal
range bars indicate the frequency
bandwidth of ABR stimuli at thresh-
old. The points on the ABR curve at 8
and 16 kHz are not threshold values;
they are the lowest intensities in which
a positive ABR was generated before
the test stimuli dropped into the noise
floor.
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were not obtained at 8 and 16 kHz. PIII was detectable at the
lowest amplitudes tested, 14.9 and 16.9 dB, respectively; at
16 kHz, the lowest amplitude at which PIII was detectable
was at least 7.4 dB lower than the behavioral threshold~24.3
dB!.

IV. DISCUSSION

A. Comparison of behavioral audiograms

Both behavioral methods employed in this study yielded
audiograms of similar form, with best sensitivities ranging
between 6 and 12 kHz~Fig. 4!. Across the range of frequen-
cies tested, the SM method yielded lower threshold estimates
and smaller standard errors. In addition, the SM method
yielded a higher measure of sensitivity (d8: 2.318 versus
2.201 for the MCS!. Minimum differences between the two
methods ranged from 1 to 4 dB and the largest differences
ranged from 15 to 20 dB.

Several factors may explain the higher sensitivity of the
SM method. First, audiometric testing that employs an adap-
tive up–down procedure yields lower threshold estimates
than simple up–down methods or random stimulus presenta-
tion ~Levitt, 1970!. It has been suggested that patterned
stimulus presentation increases the attention and concentra-
tion of the test subject, resulting in the detection of stimuli at
lower amplitudes. The subject in these experiments appeared
to be most attentive and motivated when the number of con-
secutive negative responses~no-go! was minimized, intro-
ducing an increase in probability of correct responses relative
to the MCS trials. Note that this bias was not a result of an
increase in false positive responses, which were kept low in
both sets of experiments by terminating trial blocks with too
many incorrect catch trial responses.

Second, it may be that subjects can process a predictable
stimulus more easily than an unpredictable one, particularly
if given feedback during trials~Zwislocki et al., 1958!. To
reduce false positive responses, we reduced predictability by
varying latency to tone presentation, varying initial stimulus
levels, and introducing catch trials unpredictably. However,

the seal could still be sure that~1! the first tone actually
presented in a trial block would be audible, and~2! that a
reversal would occur within a few trials. There may have
been a greater motivation to perform in SM versus MCS
trials if the seal perceived a task with a greater proportion of
detectable tones as ‘‘easier’’ or more rewarding.

A third factor could have been the change in reinforce-
ment schedule between paradigms. During the MCS experi-
ment, the seal was reinforced both for responding correctly
to the presentation of a tone~moving to the YT! and for
remaining on the RT during catch trials. The average false
response rate using this reinforcement schedule was 8.7%
~97 of 1111trials!. During SM testing, the seal was rein-
forced only for responding correctly to a tone~moving to the
YT!. This pay-off schedule change was expected to result in
a lower false response rate, as the animal adopted a stricter
criterion for making only correct responses. After this change
in protocol, the average false response rate dropped~5.6%,
145 in 2588 trials! and there was a decrease in the number of
trial blocks with a false response rate above 10%~16% dur-
ing MCS trials versus 4% during SM trials!. During SM
trials the seal often remained motionless on the RT for long
periods~20–40 s!, only moving off the target when a tone
was given or when the trainer signaled the end of the trial
block, as expected given the change in reinforcement sched-
ule and subsequent change in response bias. In contrast, dur-
ing MCS trials the seal moved frequently during intertrial
intervals and did not remain on the RT for extended periods.

The behavioral audiograms obtained during this study
were consistent with those of Mohl~1968!, Terhune and
Turnbull ~1995!, and Kastak and Schusterman~1998!. The
thresholds between 6 and 12 kHz, to our knowledge, are the
lowest reported to date for a harbor seal. The audiograms
show a high frequency roll-off similar to that reported by
Mohl ~16–22 kHz!, but at higher frequencies~22–30 kHz!.
Both observations suggest that the subject of these experi-
ments had better hearing than other harbor seals that have
been tested.

An alternate explanation for the low threshold measure-

FIG. 4. Comparison of audiograms
generated by the DS method~squares!
and MCS method~circles!.
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ments between 6 and 12 kHz is that the seal might have
taken advantage of standing wave patterns in the test cham-
ber by positioning herself in an area where signal strength
was maximized by reflections. This seems doubtful, as the
seal’s head was positioned in an area that was precisely
mapped prior to testing. The seal did not exhibit any behav-
iors consistent with a search for a ‘‘sweet spot.’’ The
multiple-speaker setup reduced reflections of test signals,
thereby reducing the strength of any standing waves. Test
stimuli in the immediate area around the head had a signal
strength variance of,62 dB, meaning that any standing
waves increased signal amplitude by no more than 2 dB,
within the error of the threshold measurements.

B. Stimulus and procedural issues

The behavioral and ABR audiograms had similar shapes.
However, the SM method produced lower thresholds than
ABRs at mid-range frequencies~3–8 kHz! while the ABR
method produced a lower threshold than the SM method at
16 kHz. The SM method was more sensitive at 22 kHz,
although by a smaller margin than at lower frequencies.
These differences in measured sensitivity between the meth-
ods may be the result of stimulus characteristics, as well as
the testing environment and activity of the subject during
testing.

1. Stimulus characteristics

Stimulus characteristics affect the results of physiologi-
cal and behavioral testing. In mammals, behavioral thresh-
olds are often higher for tones with durations shorter than the
integration time of the ear~Watson and Gengel, 1969!, con-
sistent with the extensive knowledge of how integration time
affects sound perception~Yost, 1994!. This is why behavioral
studies are typically performed with stimuli lasting between
250 and 500 ms. These longer stimuli also have relatively
narrow bandwidths, less than 50 Hz for 500-ms tones.

In contrast, ABR stimuli must be brief to elicit good
response waveforms, usually less than 5 ms. Hall~1992! rec-
ommends using five-cycle stimuli in a2–1–2pattern~rise–
plateau–fall! for ABR testing. The resulting time waveforms
have wider bandwidth than tone pips used in behavioral stud-
ies. A five-cycle ABR waveform centered at 8 kHz is 0.6 ms
in duration and has a bandwidth of 2 kHz at or near threshold
level. Thus, in the current study, behavioral responses were
stimulated using narrow-band stimuli and ABR responses
were stimulated using wideband stimuli simply as a result of
differences between the two techniques. The frequency band-
widths of ABR stimuli near observed thresholds are shown in
Table III. This difference may account for some of the ob-
served differences in threshold estimates between the two
methods. Generally, broader-band ABR stimuli correlate
with more robust responses because larger portions of the
cochlea are excited by wideband stimuli~Hall, 1992!.

As an example, in our study the ABR threshold at 16
kHz was estimated to be at least 16.9 dB and the SM behav-
ioral threshold was 24.3 dB. The bandwidth of the ABR
stimulus at threshold was approximately 7.4 kHz centered at
16 kHz, while the bandwidth of the behavioral stimulus at 16
kHz was less than 25 Hz~Fig. 5!. Thus, the 16 kHz ABR test

signal would have stimulated the cochlea with frequencies as
low as 13 kHz. The contribution of neurons tuned to this
frequency could easily explain the greater sensitivity of the
ABR response observed at 16 kHz.

2. Testing environment and subject activity

Myogenic noise resulting from muscle activity interferes
with ABR test sensitivity, which is recognized as a major
contributor to the lower sensitivity of ABR measurements
~Hall, 1992!. Human infants commonly fall asleep during
ABR testing, resulting in better signal-to-noise ratio and thus
clearer and more sensitive ABR measurements~Sininger,
1993!. During this study, ABR stimuli were presented in or-
der of ascending frequency. The seal was alert during the first
half of the ABR testing period, but approximately halfway
through testing~near the completion of data collection at 8
kHz! she became deeply relaxed and remained relatively mo-
tionless. The relaxed state was evidenced by lower heart rate
and muscle activity observable from EEG and EMG traces,
and a reduction in stimulus artifacts reported by the Bio-
Logics system. The decrease in myogenic noise while testing
at 16 and 22 kHz appears correlated with estimated thresh-
olds lower than those yielded by SM measurements at 16 and
22 kHz. Thus, the seal’s reduced activity during high-
frequency testing may have contributed to lower threshold
estimates at these frequencies. This relationship has been ob-
served during audiometric testing of elephant seals and sea
lions ~Bowles, unpublished data!; ABRs had better morphol-
ogy and amplitude when test animals were quiescent, making
thresholds easier to measure.

C. Summary

In summary, the two audiograms resulting from behav-
ioral and ABR testing of an individual harbor seal agreed
well, indicating that ABR measurements, which can be col-
lected in a single day from an untrained animal, can produce
results comparable to six months of behavioral testing. The
results must be interpreted with caution because the fre-
quency bandwidths of ABR stimuli can affect sensitivity and
threshold estimates. In future studies of this kind, ABR
stimulus characteristics should be varied systematically to
obtain a more refined test signal, one that yields a clear ABR
but has the minimum possible bandwidth.

For absolute threshold determination at discrete frequen-
cies, behavioral methods remain the most accurate method.
However, with careful selection of ABR stimuli and control
of the testing environment, hearing sensitivities can be mea-
sured for a much larger number of individuals than is usually

TABLE III. Frequency bandwidth of ABR stimuli at threshold.

Center frequency
~kHz!

ABR threshold
~dB re 20 mPa2

•s!
RMS

Frequency bandwidth
at threshold~kHz!

2 44.9 0.7
4 31.9 1.4
8 ;15.0 2.4

16 ;16.9 7.4
22 28.6 9.4
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possible using behavioral testing methods. Given the differ-
ence in sensitivity between our test subject and other subjects
in previous experiments, it is likely that significant variation
in hearing ability will be found across individuals in pin-
niped populations, just as in humans and laboratory animals.
Once perfected, ABR measurements could be used to obtain
much needed data on population-level characteristics of pin-
niped hearing.
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Marine petroleum exploration involves the repetitive use of high-energy noise sources, air-guns, that
produce a short, sharp, low-frequency sound. Despite reports of behavioral responses of fishes and
marine mammals to such noise, it is not known whether exposure to air-guns has the potential to
damage the ears of aquatic vertebrates. It is shown here that the ears of fish exposed to an operating
air-gun sustained extensive damage to their sensory epithelia that was apparent as ablated hair cells.
The damage was regionally severe, with no evidence of repair or replacement of damaged sensory
cells up to 58 days after air-gun exposure. ©2003 Acoustical Society of America.
@DOI: 10.1121/1.1527962#
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I. INTRODUCTION

There is a growing concern that intense human-
generated~5anthropogenic! sounds in the marine environ-
ment may potentially have a substantial impact on marine
organisms~e.g., NRC, 1994, 2000; Richardsonet al., 1995!.
Depending upon the magnitude of the signal, there may be
no impact on animals or the impact may involve disruption
of behavior or even physical or physiological damage to the
animals ~e.g., McCauley, 1994; Richardsonet al., 1995;
NRC, 2000!.

Much of the interest in the effects of anthropogenic
sounds arises from concern for the well-being of marine
mammals~e.g., NRC, 2000!. However, the marine ecosystem
includes a wide range of organisms that detect and use sound
for their survival, and their survival is of equal importance to
that of marine mammals.

Research on the impact of anthropogenic sounds on non-
mammalian species, and particularly fishes, has been ex-
tremely limited. The two most relevant studies showed that
very high intensity pure tones~e.g., over 180 dBre 1 mPa!
presented for several hours may cause damage to the sensory
hair cells of the ears of several fish species~Enger, 1981;
Hastings et al., 1996!, while other studies suggested that
some sounds will alter the behavior of marine fishes~Engås
et al., 1996!. Though these investigations hint at potential
impacts on fish by anthropogenic sounds, the Enga˚s et al.
~1996! study is one of the very few that has dealt with an-
thropogenic sounds that are encountered by wild fishes.

One of the major sources of anthropogenic sounds in the
marine environment involves the repetitive use of high-

energy noise sources in the water column for marine seismic
petroleum exploration. In such investigations, impulsive sig-
nals are directed downward and then reflected upwards again
by density discontinuities within sub-sea rock strata. The
travel times of reflected signals allow geological profiles to
be determined. A typical seismic survey may involve many
hundred thousand signals spread over several weeks. The
most commonly used noise sources are arrays of air-guns
that vent high-pressure gas to produce a short, sharp, low-
frequency sound~Parks and Hatton, 1986!. Although there
are references reporting behavioral responses of fishes and
marine mammals to seismic survey noise~Pearsonet al.,
1992; Richardsonet al., 1995; Enga˚s et al., 1996!, no inves-
tigation has been carried out on the potential for damage to
the ears of aquatic vertebrates from air-gun exposure.

Here we show that the ears of fish exposed to an oper-
ating air-gun that was moved toward and away from the
animals sustained extensive damage to their sensory epithelia
that was apparent as ablated hair cells. The damage was re-
gionally severe and there was no evidence of repair or re-
placement of damaged sensory cells up to 58 days after ex-
posure.

II. METHODS

To investigate possible effects of air-gun noise on the
hearing system of fishes, we carried out trials where pink
snapper~Pagrus auratus! held in cages were exposed to sig-
nals from an air-gun towed toward and away from the cages,
mimicking the stimulus from a passing seismic vessel. Con-
trol fish ~group I! were kept in the same cages used for ex-
perimental animals but were removed from cages and sacri-
ficed just before air-gun stimulation. Group II fish were
sacrificed 18 h after air-gun stimulation, and group III fish
were sacrificed 58 days later. Air-gun stimulation involved

a!Electronic mail: r.mccauley@cmst.curtin.edu.au
b!Electronic mail: j.fewtrell@cc.curtin.edu.au
c!Author to whom correspondence should be addressed. Electronic mail:
apopper@umd.edu

638 J. Acoust. Soc. Am. 113 (1), January 2003 0001-4966/2003/113(1)/638/5/$19.00 © 2003 Acoustical Society of America



four approaches towards the cage over 1:05 h, a break of
1:12 h, and then three further approaches over 0:36 h, as
shown in Fig 1. Group III fish held after exposure continued
to grow and showed no signs of disease.

Trials were carried out in Jervoise Bay, Western Austra-
lia. The average depth of the bay is 9 m. Captive fish were
held in a 10-m-long by 6-m-wide by 3-m-deep cage or in 1-
m3 cages. A 0.33 L~20 cubic inch! Bolt PAR 600B air-gun
deployed at 5-m depth and operating at a gas pressure of 10
MPa and a 10-s repetition period~6 pulses per minute! was
towed from start up at 400–800 m away to 5–15 m at closest
approach to the cage. This air-gun has a source level at 1 m
of 222.6 dBre 1 mPa peak to peak, or 203.6 dBre 1 mPa
mean squared pressure. Example power spectra of the air-
gun signal received at the cage from 50 and 100 m are shown
in Fig. 2. The frequency spectra of the air-gun signal had
highest energy over 20–100 Hz~the bubble pulse energy!
and significant energy over the 100–1000 Hz range. The
air-gun signal at 100-m range was more than 25 dB above
the background level in the bay, over 100–1000 Hz. Most
fish are known to have their best sensitivity to sound energy
in the frequency range 100–1000 Hz~Fay, 1988!, although
many fish also display high sensitivity at lower frequencies
~Sand and Karlsen, 1986!.

Hydrophones deployed on the long axis of the cage, fac-
ing the closest air-gun passage and at depths of 0.2 and 3 m,

were used to record air-gun signals. Two underwater video
cameras placed in corners of the cage were used to monitor
fish behavior. Pink snapper were obtained from an aquacul-
ture farm and acclimated for 24 days at the trial site. Mean
fish lengths the day of exposure were 230624 mm and 58
days later 25068 mm.

At appropriate times, fish were sacrificed with an over-
dose of 2-phenoxyethanol. The cranium was quickly opened,
and the ears were exposed and fixed in 4% gluteraldehyde
buffered with filtered seawater. Ears were dissected out, de-
hydrated, and progressively graded through 50%, 60%, 70%,
90%, 95%, and 100% acetone, critically point dried,
mounted on stubs and sputter coated with gold~2 min!.

Tissue was viewed with a Philips XL 30 SEM. To quan-
tify damage, three vertical transects of digital images~each
5323712 pixels! were made along the horizontally aligned
epithelium—near the caudal, midsection, and rostral ends
@Fig. 3~a!#. Vertically adjacent images~8003 magnification!
were taken down each transect. For each correctly scaled
image, overlain with 25-mm gridlines, the number of missing
hair cells in 243625 mm2 squares were counted. Missing
hair cells were obvious as a ‘‘rounded hole’’ in the epithelia
in an expected hair cell position. ‘‘Expected’’ hair cell loca-
tions were based on the local matrix of hair cells. Any 24
3625 mm2 square which had an artifact of some sort or
which did not encompass a full field of hair cells was not
included in counts and 625mm2 were subtracted from the
total area searched per image. Artifacts included preparation
tears, overexposed regions of image or regions covered in
‘‘gunk’’ which obscured hair cells and epithelia. Only sec-
tions of epithelia populated with hair cells were included in
calculations~i.e., edges were not included!. Counts were
conservative. Thus, any holes of which we were not certain
were not included. Experiments were carried out under Cur-
tin University Animal Experimentation Ethics permits.

III. RESULTS

The sensory hair cells of fish ears are similar to those of
other vertebrates~Popper and Fay, 1999!. The fish ear acts as
an accelerometer, with hair cell deflection driven by differ-
ential motion between a dense calcareous otolith and a sen-
sory epithelium~deVries, 1950; Popper and Fay, 1999!. Us-
ing scanning electron microscopy, we analyzed hair cells on
the sensory epithelium of the saccule@Fig. 3~a!#, the otolithic
end organ primarily involved in hearing in most fish species
~Popper and Fay, 1999!. The epithelia of group I~control!
snapper had an appearance similar to that reported for other
species of fishes~Popper and Fay, 1999!, with fields of cili-
ary bundles distributed across the epithelia@Figs. 3~b! and
~c!#. A small number of holes, correlating with the expected
locations of hair cells, were found in the group I epithelia.

Group II fish ~sacrificed 18 h after exposure! were ob-
served to have localized dense patches of holes and
‘‘blebbing’’ or ‘‘blistering’’ on the surface of the epithelia
coincident with the location of hair cells@Fig. 4~c!#. How-
ever, when the number of holes/10 000mm2 along three
transects across the epithelium was compared with the group
I fish ~controls! @Table I, Fig. 3~a!#, group II fish did not have

FIG. 1. Received air-gun signal levels with time~lower axis!. Units are
mean squared pressureover the portion of the signal which encompassed
95% of its energy, as measured from the cage bottom. The signal source was
moved toward and then away from the cage as described in the text.

FIG. 2. Power spectra of air-gun signals received at the cage, at 50 m~top
curve! and 100 m~bottom curve! range~1.27-Hz frequency resolution!.
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significantly greater numbers of holes/10 000mm2 than
group I fish (p.0.1, two tailedt-test!.

In contrast, group III specimens@sacrificed 58 days after
exposure, Figs. 4~d! and ~e!# showed significantly greater
numbers of holes/10 000mm2 than group I or II fish (p
!0.001, two tailedt-test!, and greater areas of ‘‘blebbing.’’
The nature of the holes suggest that hair cells had been
‘‘ripped’’ from the epithelia~immediate mechanical damage!
or, alternatively, had ‘‘exploded’’ after exposure~physiologi-

cal damage associated with cell death, group III fish!.
‘‘Blebbing’’ was consistent with expansions of the hair cell
ciliary bundle surface, with eventual rupture leading to a
hole @Fig. 4~e!#. The finding of significantly more damage in
group III fish compared to group I or II is consistent with
previous findings that have shown damage to hair cells is not
visible until one or more days after the exposure to intense
noise~Corwin and Cotanche, 1988; Hastingset al., 1996!.

To give an indication of the relative level of damage as
indicated by the presence of missing hair cells, we compared
the number of holes with hair cell densities. To obtain an
estimate of hair cell density was the total number of hair
cells counted in 97 625-mm2 grids across five images from
three epithelia, one a control group I fish and two from group
II fish. The mean density of hair cells across the three epi-
thelia was 31768.9 hair cells/10 000 mm2 (n597
3625 mm2 squares,695% confidence limits!. The tight
confidence limits about the mean value implied that hair cell
densities were consistent across epithelia. Thus, using this
value as a general estimate of hair cell density across the
epithelia, localized damage reached 15%~hair cells missing!
at the caudal end of the saccular epithelium of group III
fishes. Although when averaged across the three transects,

FIG. 3. ~a! Horizontally aligned, sensory epithelium from a right pink snap-
per ear~anterior to the left, dorsal to the top!. The area containing sensory
hair cells is shown bounded by white dots. The locations of the three
transects taken on each epithelium are shown by the white vertical lines. The
locations of the various images used in this figure and in Fig. 4 are indicated
with the figure number.~b, c! Undamaged hair cells from group I fish.~b! A
field of normal ciliary bundles on the sensory hair cells.~c! Higher magni-
fication of several ciliary bundles. Scale bars:~a! 2 mm; ~b! 20 mm;
~c! 2 mm.

FIG. 4. ~a, b, c! Epithelia from group
II fish ~18 h after exposure to the air-
gun!. The photographs show numerous
holes and ‘‘blebbing.’’~d, e! Photo-
graphs from saccular epithelia of
group III fish ~58 days after exposure!
tissue showing extensive damage.
Scale bars:~a! 20 mm; ~b! 2 mm; ~c, d,
e! 20 mm.

TABLE I. Number of holes in the epithelia of sample groups.

Groupa
N

~E!b
N

~I!c Holesd
Area

~10 000mm2)e
Holes/10 000

mm2f

I 6 84 58 119.19 0.5360.227
II 3 38 39 54.75 0.7560.455
III 5 56 665 76.69 8.4862.636

aExposure regimen.
bNumber of epithelia examined.
cNumber of images analyzed per group.
dTotal number of holes per group.
eTotal area perused per group.
fThe mean695% confidence limits of the ratio of holes per area, using all
images per group~not the same as total holes divided by total area per
group!.
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the number of missing cells/10 000mm2 for the group III
fishes was relatively low~2.7%!, it should be noted that the
counts were of gross damage only as evidenced by hair cells
ejected from the epithelia. Damage severe enough to create
the holes must have had wider implications for remaining
hair cells, particularly for tip link function~Pickles, 1993!.
Without neurophysiological experimentation, it was not pos-
sible to determine if hair cells remaining intact on the epi-
thelia after air-gun exposure were still fully functional.

IV. DISCUSSION AND CONCLUSIONS

It is known that a number of species of teleost fish con-
tinue to produce sensory hair cells for much of their lives
~Popper and Hoxter, 1994; Lombarte and Popper, 1994! and
that sensory hair cells are regenerated after insult with oto-
toxic drugs in at least one species, and probably all~Lom-
barteet al., 1993!. It is also known that some avian species
will regenerate sensory cells after intense sonic insult~Cor-
win and Cotanche, 1988!. However, the damage in the ears
of the pink snapper suggests that regeneration, even if it
occurred over 58 days, did not counteract the loss of cells
resulting from sonic insult. Either damage continued to ac-
crue well after insult, regeneration was slowed or ceased, or
significant regeneration did not occur until beyond the 58-
day sample period.

There are a number of caveats that must be pointed out
in considering the implications of our results. First, the fish
studied were caged and could not swim away from the sound
source. Video monitoring of behavior suggested that the fish
would have fled the sound source if possible. It is also likely
that many, but perhaps not all, species hearing an approach-
ing air-gun would swim away, as has been observed on a
large scale by Enga˚s et al. ~1996!. Second, we only exam-
ined a single species. While the snapper ear is typical of the
majority of commercially important species~e.g., salmon,
tuna, cod, haddock! ~Dale, 1976; Popper, 1977; Lombarte
and Popper, 1994!, it is possible that pink snapper are more
or less sensitive to intense stimulation than other species.
Third, the impact of exposure on ultimate survival of the fish
is not clear. Behavioral studies have observed that some fish
exposed to air-gun signals display aberrant and disoriented
swimming behavior, suggesting that damage to the ears may
also have vestibular impact~authors, personal observation!.
Fishes with impaired hearing would have reduced fitness,
potentially leaving them vulnerable to predators, possibly
unable to locate prey, sense their acoustic environment, or, in
the case of vocal fishes, unable to communicate acoustically.
Fourth, although the full exposure regimen was accurately
quantified, the approach-departure nature of trials meant a
precise air-gun exposure required to produce the damage ob-
served was not obtained. Was it the few high level signals or
the accumulation of many moderate to high level signals?
The sound exposure~intensity and time! required to produce
damage has important ramifications in the range from a full
scale seismic source at which such impacts may be expected.
As a comparison, air-gun signals of level>180 dBre 1mPa
~mean squared pressure,see Fig. 1 for levels experienced by

fish in these trials! could be expected at ranges,500 m from
a large seismic array~44 L, R.M. data!.

This study demonstrates that exposure to seismic air-
guns can cause significant damage to the ears of fishes.
While additional studies are needed to better understand the
mechanical and physiological process leading to damage, the
repair process, impact on behavior and fitness, and the expo-
sure regimen required to produce a specified amount of dam-
age, our results suggest caution in the application of very
intense sounds in environments inhabited by fish. Further-
more, given that hair cells form the ultimate end organs of
the hearings system of all vertebrates, the results presented
here may have important implications for other marine ver-
tebrates.
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A comparison of the fragmentation thresholds and inertial
cavitation doses of different ultrasound contrast agents
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Contrast bubble destruction is important in several new diagnostic and therapeutic applications. The
pressure threshold of destruction is determined by the shell material, while the propensity for of the
bubbles to undergo inertial cavitation~IC! depends both on the gas and shell properties of the
ultrasound contrast agent~UCA!. The ultrasonic fragmentation thresholds of three specific UCAs
~Optison, Sonazoid, and biSpheres!, each with different shell and gas properties, were determined
under various acoustic conditions. The acoustic emissions generated by the agents, or their
derivatives, characteristic of IC after fragmentation, was also compared, using cumulated
broadband-noise emissions~IC ‘‘dose’’ !. Albumin-shelled Optison and surfactant-shelled Sonazoid
had low fragmentation thresholds (mean50.13 and 0.15 MPa at 1.1 MHz, 0.48 and 0.58 MPa at 3.5
MHz, respectively!, while polymer-shelled biSpheres had a significant higher threshold (mean
50.19 and 0.23 MPa at 1.1 MHz, 0.73 and 0.96 MPa for thin- and thick-shell biSpheres at 3.5 MHz,
respectively,p,0.01). At comparable initial concentrations, surfactant-shelled Sonazoid produced
a much larger IC dose after shell destruction than did either biSpheres or Optison (p,0.01).
Thick-shelled biSpheres had the highest fragmentation threshold and produced the lowest IC dose.
More than two and five acoustic cycles, respectively, were necessary for the thin- and thick-shell
biSpheres to reach a steady-state fragmentation threshold. ©2003 Acoustical Society of America.
@DOI: 10.1121/1.1529667#

PACS numbers: 43.80.Qf, 43.25.Yw@FD#

I. INTRODUCTION

The destruction of ultrasound contrast agent~UCA! and
the associated acoustic emissions have been used recently in
several novel imaging methods, including flash echo,
destruction–reperfusion, and stimulated acoustic emission
imaging. Broadband noise emissions and a bidirectional shift
of frequency spectra before the complete destruction of UCA
bubbles~stimulated acoustic emission!1 have been demon-
strated with a pulsed-wave Doppler system. Poorly con-
trasted, or isoechoic lesions, such as metastatic tumors in
liver, can be clearly delineated by infusing UCA.2,3 Subtrac-
tion of the B-mode images acquired before and after the
high-intensity pulses~flash echo! increases the sensitivity of
detection and eliminates the effect of tissue motion.4,5 In ad-
dition, destructive pulses followed by low-amplitude ones
allow the assessment of the perfusion status of the myocar-
dium and other tissues by estimating the replenishment rate
of contrast microbubbles ~destruction–reperfusion
imaging!.6,7

Ultrasound-mediated UCA destruction has also been
proposed as an essential part in certain therapeutic applica-
tions, such as localized gene transfer and drug delivery. Pro-
tein expression in target tissue, such as myocardium or coro-
nary arteries, is enhanced by the transfection of specific

DNA-loaded microbubbles.8,9 The destruction of paclitaxel-
carrying lipospheres by applied ultrasound shows the poten-
tial of this technique to achieve localized drug delivery.10

However, the requirements for backscattering, fragility, and
cavitation characteristics of UCA differ for different imaging
methods and therapeutic applications. The shell material and
gas content of a UCA determine the microbubbles’ acoustic
response, and thus their optimal use. For example, thin-
shelled microbubbles that are active at low acoustic pressures
but can be destroyed at modest pressures may be most useful
for destruction–reperfusion imaging of the myocardium.
Conversely, thick-shelled microbubbles that are sufficiently
robust to carry their contents to a specific site and disrupt
only at high acoustic pressures may be better suited for lo-
calized drug delivery. Moreover, some applications of UCA
~e.g., ultrasound-enhanced thrombolysis! may be improved
by use of targeted UCA that can then be driven to vigorous
inertial cavitation at the target site. Therefore, understanding
the relationship between the acoustic properties, especially
those related to microsphere fragmentation and inertial cavi-
tation IC, and the physical structure of UCA is important in
the selection or design of effective UCA for specific applica-
tions.

In our previous studies with Albunex, transient acoustic
emissions characterized as broadband noise at the Albunex
destruction pressure threshold.11 In a study of the ultrasonic
destruction of a UCA that used a fast camera, Chomas
et al.12 described two different, pressure-dependent mecha-
nisms of bubble destruction under ultrasound exposure:~1!
acoustically-driven diffusion at low-pressure levels, and~2!

a!Author to whom correspondence should be addressed. Current address:
Department of Mechanical Engineering and Material Science, Duke Uni-
versity, Box 90300, Pratt School of Engineering, Durham, NC 27708. Tele-
phone: ~919!660-5176; fax: ~919!660-8963; electronic mail:
wschen@duke.edu
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fragmentation at high-pressure levels. For a UCA with a
fragile shell~e.g., Optison!, fragmentation might be the ma-
jor mechanism for bubble destruction. For acoustic pressures
at or above the fragmentation threshold, large-amplitude ex-
pansion and contraction of the UCA microbubbles damages
the protective shells and induces instability. The bubbles thus
break into small pieces by inertial collapse~fragmentation!,
and emit broadband noise in the process. In the current study,
this emission property is used as an indicator to determine
the acoustic pressure threshold for the fragmentation of
UCAs having different compositions.

The current study was performed to test the following
hypotheses:~1! thin-shelled UCAs~Optison, Sonazoid, and
0.2X biSpheres! have lower fragmentation~IC! thresholds
than do thick-shelled ones~0.7X biSpheres!; ~2! UCAs con-
taining less soluble gas produce more IC activity than those
with more soluble gas~e.g., perfluorocarbon vs air, C4F10 vs
C3F8!, and ~3! longer pulse lengths are necessary for the
thick-shelled UCA~0.7X biSpheres! than the thin-shelled
ones ~Optison, Sonazoid, and 0.3X biSpheres! to induce
fragmentation. In this study, we will show readers the results
of ~1! the fragmentation threshold and IC ‘‘dose’’ determina-
tions for UCAs with different shell materials and gas con-
tents;~2! the pulse length dependence of microbubble frag-
mentation for different UCAs.

Our long-term objective in this study is to further the
understanding of the fundamental physical and acoustical
properties of commercial UCAs, in order to~1! permit the
improvement of ultrasonic imaging methods that depend on
UCA destruction,~2! provide a basis for the development of
drug-carrying microbubbles that are ‘‘programmable’’ for
fragility, and ~3! evaluate the potential of these agents to
facilitate cavitation-related mechanical bioeffects.

II. MATERIALS AND METHODS

A. Ultrasound apparatus

All experiments were performed in an acrylic tank
(16.5 cm L312.5 cm W312.5 cm H) containing 1.2 l of

deionized water. A high-intensity focused ultrasound~HIFU!
transducer~either 1.1 or 3.5 MHz! and a 5 MHz hydrophone
~Sonic Concepts, Woodinville, WA! were mounted in
quadrature on two adjacent sidewalls. Reflections were mini-
mized by placing a silicone rubber acoustic absorber on the
end wall of the tank opposite the HIFU transducer. Prese-
lected pulse length, pulse repetition frequency~PRF!, and the
amplitude of sinusoidal waveforms were supplied by a func-
tion generator~33120A, Hewlett Packard, Loveland, CO!
and attenuated 34 dB by an attenuator~Kay Elemetrics
Corp., Lincoln Park, NJ!. The output signal was amplified by
a power amplifier~B400, ENI, Rochester, NY! at a fixed gain
of 50 dB before being routed to either the 1.1 MHz (f
51.0) or 3.5 MHz (f 51.6) HIFU transducer. The 1.1 MHz
transducer’s26 dB profile ~full width half-maximal inten-
sity! is approximately 1.8 mm wide by 13 mm long, while
that of the 3.5 MHz transducer is 1 by 11.5 mm. Further
details of the experimental system are described elsewhere.13

The scattering and emission signals from the bubbles in
the focal volume were collected by the 5 MHz hydrophone
~1.2 cm diameter, 4.6 cm focal length! and amplified 20 dB
by a pulser/receiver~5072, Panametrics, Waltham, MA! be-
fore being digitized by an oscilloscope~LC334AM, LeCroy,
Chestnut Ridge, NY!. A LabView program~v.6.1, National
Instruments, Austin, TX! was used to control the trigger sig-
nal and pulse parameters of the function generator.

B. Contrast agents

The physical properties of the contrast agents used in
this study are listed in Table I. The outer shells of biSpheres
provide no structure support, and thus are not considered as
the limiting factor of fragmentation and IC. UCAs with
shells thinner than 100 nm were considered as thin shelled,
including Optison, Sonazoid, 0.2X, and 0.3X biSpheres.
0.7X biSpheres is the only thick UCA we have studied. Son-
azoid and biSpheres were stored at room temperature and
reconstituted before use according to the manufacturer’s rec-
ommended protocol. Optison was stored at 5 °C until use. In
each experiment, an approximately equivalent number of mi-

TABLE I. Physical properties of UCAs in use.

Type of
UCA Gas Shell

Mean shell
thickness

Mean
diameter

Size distribution
~diameter!

Concentration
~bubbles mL!

Optison C3F8 Albumin 15 nma ~Ref. 30! 2–4.5mm 93%,10mm 5 – 83108

(6.53108)
biSpheres N2 Inner: lactide Inner: 64.8 nm, 53108

0.2X polymer; outer: 350 nmb 0% ~0–1 mm!,
outer: protein 6%~1–2 mm!,

biSpheres N2 Inner: lactide Inner: 97.2 nm, 54.5%~2–4.2mm!, 53108

0.3X polymer; outer: 350 nmb 4 mmb 31% ~4.2–6.6mm!,
outer: protein 7.3%~6.6–9mm!,

biSpheres N2 Inner: lactide Inner: 226.8 nm, 1.2%~9–12.2mm!b 53108

0.7X polymer; outer: 350 nmb

outer: protein
Sonazoid C4F10 Surfactant 4 nm~Ref. 30! 2.17mmc 88.4%~1–3 mm!, 1.33109c

~lipid!c 11.3%~3–5 mm!,
0.3% ~5–7 mm!c

aAlbunex’s shell thickness. Assume that it is the same for Optison.
bProvided by Point Biomedical, San Carlos, CA. The inner polymer layer is for structure stability while the outer layer is for biocompatibility.
cProvided by Amersham Health, London, UK.
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crobubbles for each UCA was withdrawn and added directly
to the water in the exposure tank. A magnetic stir bar in the
tank was driven at a rate of 60 rpm to ensure that a uniform
distribution of bubbles was maintained.

The focal volume~26 dB! of the 1.1 MHz HIFU trans-
ducer is about 43.6 mm3. The added bubble concentration
was about 2 bubbles/mm3 for each UCA. The initial number
of bubbles present within the focal volume was therefore
;90. Somewhat fewer bubbles were present in the focal vol-
ume of the 3.5 MHz transducer because of its smaller focal
26 dB boundary.

C. Experimental series

For short pulses, the fragmentation threshold is a func-
tion of both pressure amplitude and pulse length. That is, the
threshold is higher for short pulses, and decreases as the
pulse length increases. For longer pulses, the threshold
should only depend on the pressure amplitude. We call this
latter regime the ‘‘steady-state’’ fragmentation threshold, be-
cause the threshold will not change with increasing pulse
length. To determine these thresholds, and to measure the
resulting IC, we performed the following series of experi-
ments.

1. Fragmentation thresholds

Fragmentation thresholds for each UCA were deter-
mined by increasing the output voltage of the function gen-
erator in 20 mV increments every 10 s from a preselected
initial voltage over a 4 min period. The passively collected
waveforms by the 5 MHz hydrophone were sent to the os-
cilloscope and processed. Briefly, the maximal peak-to-peak
amplitude of each waveform was calculated and downloaded
using a LabView program to a nearby PC via a GPIB inter-
face. The program collected ten peak-to-peak amplitudes and
averaged them. Approximately seven averaged values were
obtained per second. Three replicate measurements were per-
formed for each UCA and each frequency~1.1 or 3.5 MHz!.
The pulse length was 10 cycles and the PRF was 100 Hz for
both frequencies. The stored data were analyzed off-line by
Matlab programs.

2. Steady-state threshold

The pulse length dependence on the fragmentation
threshold for the UCAs was determined using four selected
cycles, 2, 4~or 5!, 10, or 20. We substituted 0.3X biSpheres
for the thin-shelled 0.2X biSphere in the pulse length experi-
ments because our supply of the latter was exhausted. For
different pulse lengths, the total ‘‘on’’ time was kept constant
by adjusting the PRF~from 500–50 Hz for pulse lengths of
2–20 cycles, respectively!. The pressure levels were in-
creased gradually and stepwise as described for Series 1.
Only the 1.1 MHz transducer was used for this series. The
total treatment time was fixed at 4 min. Three replicate mea-
surements were performed for each UCA and pulse length.
Signal recording and processing were as described earlier.

3. Inertial cavitation dose

The acoustic emissions from fragmented UCA were
quantified at a selected pressure level~0.31 MPa!, which was
above the fragmentation thresholds of all four UCAs~deter-
mined by Series 1 and Series 2 experiments!. The total treat-
ment time, the pulse length, and PRF were fixed at 10 min,
10 cycles, and 100 Hz, respectively, for each UCA. The
method by which IC ‘‘dose’’~ICD! was quantified will be
described in detail in a later section. The UCAs in use for
Series 1 and 3 were Optison, 0.7X biSpheres, 0.2X bi-
Spheres, and Sonazoid. The same pulse length and PRF were
used as in the Series 1 experiments. Three to four replicate
measurements were performed for each UCA.

D. Determination of threshold parameters

In order to determine the IC threshold, frequency spectra
of the emission signals were first recorded and averaged~500
waveforms! at each pressure level. The pressure threshold of
IC was defined as the pressure level at which a sudden in-
crease of the frequency spectra between each pair of harmon-
ics ~broadband noise! was found. For example, by his defi-
nition, the IC threshold of Sonazoid was 0.14 MPa~see Fig.
1!.

However, determining the fragmentation threshold using
frequency spectra was difficult; the typical broadband noise
of IC overlapped with the harmonics. Moreover, established
methods of an IC ‘‘dose’’ measurement have been based on
the integration of the amplitude–time traces in the time
domain.13 To be consistent, we used the method based on
time domain recordings to determine the pressure threshold
of the various UCAs at different acoustic pressure levels and
pulse lengths. We did, however, use the frequency domain
spectra to differentiate between scattering from UCA and
acoustic emission by UCA, as described below.

For each sample~e.g., Sonazoid with a 20-cycle tone
burst!, the pressure levels were increased from an initial level
~e.g., 0.07 MPa at 1.1 MHz! with fixed voltage steps from
the function generator~viz., 10 mV! every 10 s over 4 min.
The signals from the focal area were collected and processed,
as described in Series 1 experiments.

For each of the four UCAs studied, the values of the
averaged maximal peak-to-peak amplitudes from IC@pre-
sented as ‘‘spikes’’ above the baseline in the recorded trace
~Fig. 2, inset!# increased in both amplitude and ‘‘density’’
~i.e., frequency of occurrence! with increasing acoustic pres-
sure~Fig. 2!. The recorded spikes included both the scatter-
ing of the UCA bubbles drifting across the focus~below the
IC threshold! and the emissions during inertial collapsing
~above the IC threshold!, and needed to be separated. To do
so, we assumed that the pressure threshold determined by the
frequency spectra method should be the same as the thresh-
old determined by the pressure-step method. Therefore, at
the threshold pressure as determined by the spectral method,
we analyzed the amplitudes and the density of the spikes and
obtained two parameters; viz., the threshold voltage~in mV!
and the percentage of spikes exceeding the threshold voltage
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~spike density!. For example, in Fig. 2, the threshold param-
eters used for determining the IC threshold of Sonazoid in
the ‘‘pressure-step’’ experiment was that at least 5% of the
recorded ‘‘spikes’’ were higher than 20 mV in amplitude.
Also, the UCA bubbles added was in a certain size distribu-
tion, and a bubble of different size has a different IC thresh-
old. By setting the 5% limit, we ignored the sporadic emis-
sion from a few bubbles~,5%! with a lower fragmentation
threshold, and focused on the threshold of the majority, i.e.,
bubbles with sizes near the distribution mean. For peak volt-
age value less than 20 mV, the signal is usually from the
scattering of an intact UCA bubble, instead of a bubble un-
dergoing inertial cavitation.

By applying the same method described above, we
found that same threshold parameters~5% of spikes
.20 mV) could also be applied to other UCAs in this study.

We therefore used the same parameters for both series of
threshold experiments.

E. Determination of IC dose

To study the IC doses of various agents, a suprathresh-
old pressure level~0.31 MPa, higher than all four fragmen-
tation thresholds obtained in a previous section of experi-
ments! was selected. The IC signals were collected for a
period of 10 min for each UCA. We defined the integral of
the signal amplitude over time, corrected by controls~i.e.,
background noise obtained from samples without UCA! as
the IC dose.13 It needs to be stressed here that IC dose is a
relative value that depends highly on the experimental setup,

FIG. 1. Method for the determination of the IC thresh-
old. In this example, averaged frequency spectra for
Sonazoid UCA~1.1 MHz, 20 cycles! were plotted at
different pressure levels. The first four curves overlay
between harmonics~background!. The first signal trace
above this background~0.14 MPa! is shown as a dark
line. At this pressure~IC threshold!, UCA bubbles be-
gan to break and undergo IC.

FIG. 2. Passively detected signals for samples with or
without UCA. The source frequency was 1.1 MHz. The
upper trace is the recorded signal of the control experi-
ment without the addition of UCA. The baseline ampli-
tude ~noise from the source beam side lobe as well as
reflection waves from the tank wall! increases as the
pressure increases from 0.07 to 0.27 MPa. The lower
trace is a recording of an experiment with 5ml of Son-
azoid dispersed in the 1.2 L tank volume at the same
increasing pressure levels. An insert plot is the blow-up
of the dashed square area in the lower trace. A dashed
line in the insert represents the threshold voltage, while
solid arrows in the insert show the spikes above the
threshold voltage.
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and especially on the sensitivity of the receiving hydrophone.
Results can be compared quantitatively only for experiments
using exactly the same equipment setup.

F. Special consideration for short pulse lengths

For the pulse length experiments, the pulse length and
PRF were changed simultaneously in order to keep the same
total ‘‘on’’ time for each treatment. In experiments involving
short pulses~viz., two or four cycles!, the amplitude of the
output waveform at the focus was smaller than the value
specified by the transducer calibration curves, which had
been obtained using 20-cycle pulses, since it took a few
cycles for the HIFU transducer to ‘‘ring up’’ to the steady
state. The peak amplitudes of the actual waveforms for dif-
ferent pulse lengths are plotted in Fig. 3. The amplitude val-
ues of each pulse length were obtained by recording the sig-
nal outputs from the HIFU transducer after reflection by an
aluminum reflector 45° to both the HIFU and 5 MHz receiv-
ing hydrophone in water without UCA. The same values
were obtained every time and thus show a minimal standard
deviation. From our results, we found that more than five
cycles were necessary for the output waveform to reach the
steady-state amplitude. On average, the peak amplitude of a
4-cycle waveform was 94.5% of the steady state~10 or 20
cycles!, and was 83.9% for a 2-cycle pulse. It was thus nec-
essary to compensate the pressure thresholds for 2- and
4-cycle pulses to avoid overestimating the pressure thresh-
old. The compensation was performed as the equation below:

Corrected IC threshold5~uncorrected threshold value!

* ~% of steady-state amplitude!.

~1!

G. Statistics

Data are presented as means61 standard deviation of
three or four replicates. TheF test for an overall comparison
of group means of one-way ANOVAs were used to deter-
mine if there were differences in the pressure thresholds for
samples with different UCAs and exposure pulse lengths.
The least significant difference~LSD! procedure~t test! for
the comparison of pairs of groups in one-way ANOVAs
~single-tailed! were performed to compare the pressure
thresholds and IC doses of UCAs in pairs, and test our hy-
potheses, i.e., if thin shell UCAs have a lower fragmentation

threshold, and if less soluble gases generated more IC dose.
Furthermore, the mean fragmentation thresholds of each
UCA at different exposure pulse lengths were compared in
pairs~e.g., 20 vs 10 cycles, 10 vs 4 cycles, and 4 vs 2 cycles
for Sonazoid at 1.1 MHz! to determine their steady-state
threshold values~a single-tailed LSD procedure of one-way
ANOVA !. Equal variance was assumed and ap<0.05 was
considered significant. All statistical calculations were per-
formed using SPSS software~v. 10.0, SPSS, Inc., Chicago,
IL !.

III. RESULTS

A. IC threshold for different UCAs

Figure 4 shows the fragmentation thresholds of four dif-
ferent UCAs when exposed to either 1.1 or 3.5 MHz ultra-
sound. At 1.1 MHz, the albumin-shelled Optison was the
most fragile UCA of the group, and could be destroyed at a
pressure level as low as 0.13 MPa. The thick-shelled bi-
Spheres~0.7X! did not show significant breakage until 0.23
MPa of acoustic pressure was experienced. Sonazoid and
thin-shelled biSpheres~0.2X! had mean thresholds interme-
diate between those of Optison and thick-shelled biSpheres.

The data in Fig. 4 also demonstrate the frequency de-
pendence of the fragmentation threshold. For each UCA, the
fragmentation threshold pressure was nominally greater at
3.5 MHz than at 1.1 MHz. As at the 1.1 MHz frequency, at
3.5 MHz the thick-shelled biSphere~0.7X! again had the
highest fragmentation threshold (mean50.96 MPa), while
Optison again had the lowest (mean50.48 MPa).

FIG. 3. Pulse length necessary for transducer~1.1 MHz! to achieve steady-
state output (n53 and standard deviation50.0%).

FIG. 4. Fragmentation threshold of four different UCAs at~1! 1.1 MHz or
~2!3.5 MHz. The pulse length was 10 cycles, and the PRF was 100 Hz.
Three replicate experiments were performed for each UCA.

TABLE II. Statistic results of fragmentation threshold and IC doses of four
different UCAs at 1.1 and 3.5 MHz.

UCA

Significance~single-tailed!

Fragmentation
threshold exp.

IC dose
exp.

1.1 MHz 3.5 MHz 1.1 MHz

Overall F test b b b

Optison vs 0.7X biSpheres b b N/S ~0.432!
Optison vs Sonazoid ~0.047!a ~0.031!a b

Optison vs 0.2X biSpheres b b b

0.7X biSpheres vs Sonazoid b b b

0.7X biSpheres vs 0.2X biSpheres b b b

Sonazoid vs 0.2X biSpheres b b b

a0.01,p,0.05.
bp,0.01; N/S not significant.
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Table II shows the statistical comparisons of the frag-
mentation thresholds of four UCAs. Thep values for the
overall F test of one-way ANOVA were smaller than 0.001
for both frequencies, which indicated that the fragmentation
thresholds of four UCAs were not all the same. Thin-shelled
UCAs, i.e., Optison, Sonazoid, and 0.2X biSpheres, all had
thresholds significantly lower than that of the thick-shell bi-
Spheres~0.7X! ~p values<0.001 at both frequencies!.

B. IC dose for different UCAs

The ability of these UCAs to generate IC at a fixed
pressure was not all the same~Fig. 5 and Table II!. Sonazoid
produced the highest level of IC dose, while 0.2X biSpheres
was the second, but much less. Thick-shelled biSpheres pro-
duced the lowest mean IC dose value. The IC dose generated
by Optison was not higher than that of the 0.7X (p.0.4),
though Optison microbubbles contained a less dissoluble gas
and a more fragile shell~lower fragmentation threshold,p
,0.05 for both frequencies!. Furthermore, Sonazoid pro-
duced a much larger IC dose than did Optison (p,0.001) at
0.31 MPa. Examples of signal traces recorded from four dif-
ferent UCAs are shown in Fig. 6.

C. Pulse length effect for different UCAs

Results of the fragmentation threshold determinations
made at different pulse lengths are shown in Fig. 7. There
was no difference of the fragmentation thresholds between
20 and 10 cycles for all UCAs. Significantly lower thresh-
olds were found for ten cycles than four~or five! cycles for
Optison, Sonazoid, and 0.7X biSpheres, but not for the 0.3X
biSpheres~Table III!. That is, at least five cycles were nec-
essary for Optison, Sonazoid, and 0.7X biSphere to achieve
their steady-state fragmentation thresholds; while only three
or four cycles are necessary for thin-shelled biSpheres.

IV. DISCUSSIONS

Nonlinear bubble oscillation of intact UCA or free gas
bubbles emit frequency components other than harmonics
( f 0 , 2 f 0 , 3f 0 , etc., f 0 is the transmitting frequency!, such
as subharmonic (f 0/2, f 0/3, etc.! and ultraharmonic (3f 0/2,
5 f 0/2, etc.! spectra.14–16 These bubble-specific frequency
components provide an excellent separation between the ech-
oes from contrast agents and the surrounding tissue, and can
be used as new ultrasound imaging methods.17–19 Quantita-
tive measurement of the subharmonic spectra were also used
to correlate with the membrane permeabilization of red
blood cells.20 At higher ultrasound pressure, bubbles show
rapid growth and collapse, a phenomenon referred to as IC
~or transient cavitation!.14–16 The shock waves emitted by
the collapsing bubbles and the resulting broadband noise are
specific for destroying UCA bubbles, or free gas bubbles
from UCA fragments undergoing IC. Quantitative measure-
ments of the IC were used in the study of certain IC-related
bioeffects, such as hemolysis and thrombolysis.13,21–23In the
current study, we recorded the threshold of the broadband
noise emission and used it as an indicator for the presence of
IC activity and UCA destruction. We also quantified the
amount of IC activity of four different UCA at a specific
supra-IC threshold pressure level to compare their ability of
generating IC.

FIG. 5. A comparison of IC doses for four UCAs at 1.1 MHz, with the
acoustic pressure fixed at 0.31 MPa for 10 min. The pulse length and PRF
were 10 cycles and 100 Hz, respectively.

FIG. 6. Examples of the signal traces recorded using
the 5 MHz hydrophone for 4 UCAs at a fixed pressure
of 0.31 MPa, which is higher than the fragmentation
threshold pressure for any of UCAs studied here (PRF
5100 Hz, pulse length510 cycles, 10 min total time!.
These traces represent the ability of the 4 UCAs to gen-
erate IC activity above the fragmentation threshold.
Dashed lines represent baseline signals.
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The fragmentation threshold pressures for the various
UCAs used here varied with the agent. Optison, Sonazoid,
and 0.2X biSpheres had low fragmentation thresholds, while
thick-shelled biSpheres had the highest. Our results thus sup-
port the hypothesis that thin-shelled UCAs have lower frag-
mentation thresholds. The differences in acoustic stability of
the different UCAs may be important for different potential
therapeutic applications. For example, 0.7X biSpheres are
relatively resistant to disruption by applied acoustic pres-
sures as high as;1 MPa at the clinically relevant frequency
of 3.5 MHz, but can be destroyed at higher pressure levels.
Agents of this or similar design might therefore prove useful
for localized, ultrasound-mediated drug delivery, wherein di-
agnostic ultrasound would be used to trace the location of
drug-loaded UCA bubbles in the body, with a subsequent
local release of the drug achievedvia fragmentation of the
bubbles using a few strong pulses of targeted high-pressure
ultrasound. For example, intravenous administration of

biSphere-encapsulated drugs followed by ultrasound-
triggered release in the heart is intended to effectively treat
certain cardiac conditions, and reduce the necessity of using
cardiac catheters.24

The frequency dependence of the fragmentation thresh-
olds can be explained by the frequency dependence of IC
thresholds. For a free gas bubble, the IC threshold is lower at
a lower frequency.25 It is reasonable to assume that a UCA
bubble behaves like a free bubble after shell fragmentation.
However, the quantitative comparison of the fragmentation
thresholds for the various agents across ultrasound frequen-
cies is not possible in our experiments, because the 5 MHz
listening transducer used in this study had different sensitivi-
ties to 1.1 and 3.5 MHz ultrasound. Nonetheless, at a par-
ticular ultrasound frequency, the data provide usefulrelative
information.

The type of gas used in the manufacture of various
microbubble-based UCAs undoubtedly influences the

FIG. 7. Fragmentation thresholds of four different
UCAs at different pulse lengths~1.1 MHz!. Steady state
is reached after four cycles for Optison, Sonazoid and
0.2X biSpheres, but after ten cycles for 0.7X biSpheres.

TABLE III. Statistical comparisons of the fragmentation thresholds for four different UCAs at various pulse
lengths (frequency51.1 MHz, peak-negative pressure50.31 MPa).

UCA

Pulse
length

~cycles!
Significance

~p value! UCA

Pulse
length

~cycles!
Significance

~p value!

Optison Overall b biSpheres
0.7X

Overall a

20 vs 10 N/S~0.081! 20 vs 10 N/S~0.211!
10 vs 4 a 10 vs 5 a

4 vs 2 a 5 vs 2 N/S~0.153!
Sonazoid Overall b biSpheres

0.3X
Overall b

20 vs 10 N/S~0.347! 20 vs 10 N/S~0.240!
10 vs 4 a 10 vs 4 N/S~0.250!
4 vs 2 a 4 vs 2 b

a0.01<p,0.05.
bp,0.01; N/S: not significant.
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‘‘amount’’ of IC activity produced after agent fragmentation.
In the study of Miller et al.,23 passive cavitation detection
demonstrated that Optison~octafluoropropane content! pro-
duced higher rms values for noise emissions and longer pe-
riods of IC activity, than did Albunex~air content!. For com-
parable concentrations of microbubbles, the perfluorocarbon-
based agents lead to greater values of ultrasonically induced
hemolysis and petechial hemorrhage in mouse intestine.26,27

In our experiments, Sonazoid exhibited persistent and strong
IC activity for at least 10 min, and produced the highest level
of IC dose. The solubility of the C4F10 in Sonazoid is about
1/8 the solubility of the C3F8 in Optison,28 and is only 1/30
of nitrogen,29 which could explain the difference in the IC
activity of these agents.

However, Optison failed to show more IC dose than the
air-containing 0.7X biSpheres (p50.43), and even showed
significantly less IC activity than the 0.2X biSpheres (p
,0.01, reversed direction!. The low IC dose for Optison
appeared to be due to the early termination of IC activity, or
a short period of continuous IC activity, in the 10 min of
treatment. This is illustrated by Fig. 6, in which the continu-
ous IC activity~signal above the baseline! for Optison started
at a high level, but sustained for only about 3.5 min. There-
after, IC activity became increasingly less frequent over
time. Sonazoid started at a similar level, but stayed constant.
Although 0.7X biSpheres did not exhibit strong initial IC
activity, their relatively weak activity was sustained at ap-
proximately constant amplitude and density over the entire
10 min treatment period.

Shell permeability might be used to explain the early
termination of IC activity of Optison. In a preliminary study
aiming at determining the life expectancy of highly diluted
UCA bubbles in air-saturated water~no perfluorocarbon!,
Optison microbubbles were found to lose their scattering
ability in 5 min by subthreshold~fragmentation threshold! 5
MHz pulse echoes~results not shown!. On the other hand,
the scattering signals of both biSpheres and Sonazoid lasted
for more than 10 min. The shells of biSpheres and Sonazoid
seemed to be much less gas permeable.

Both thin- and thick-shelled biSpheres contain air, and
have similar size distributions. Thus, free bubbles generated
upon shell disruption might be expected to dissolve at similar
rates. In turn, this might suggest that both thin- and thick-
shelled biSpheres would produce a similar IC dose when
exposed to acoustic pressures above the fragmentation
threshold. However, this was not the case; thick-shelled bi-
Spheres produced the lowest IC dose over the course of 10
min exposures to suprathreshold acoustic pressures. A pos-
sible explanation for this is theamountof gas contained in
the different biSphere types. For biSpheres of the same di-
ameter, the volume of air in one 0.7X biSphere is;70% that
in a 0.2X biSphere by calculation. One might therefore ex-
pect that upon fragmentation, free ‘‘daughter bubbles’’ pro-
duced by 0.7X biSpheres would be less in number, and thus
generate less IC activity than do 0.2X biSpheres.

Composed of the same material~polymer!, the thick-
shelled biSphere~0.7X! microbubbles required longer
ultrasound pulses to fragment compared to the thin-shelled
biSpheres~0.3X!. We might speculate that a thicker and thus

stronger protective structure could tolerate more repe-
titive stretches before material fatigue and failure. However,
thin-shelled Optison and Sonazoid did not show the steady-
state pulse length until five to nine cycles were achieved.
This result suggests that factors such as material stiffness
might be more important in determining the fragmentation
threshold.

It is important to note here that all our experiments were
performed in deionized water, not in blood. The high con-
centration of red blood cells, various kinds of proteins, lip-
ids, and ions in blood may affect the response of contrast
agents. We are performing further studies to elucidate the
behavior of UCAs in blood.

V. CONCLUSIONS

Different UCAs with various gas contents and stabiliz-
ing shell materials had different fragmentation pressure
thresholds and produced different ‘‘amounts’’ of IC activity
of suprathreshold acoustic pressures. Optison had the lowest
fragmentation threshold while thick polymer-shelled bi-
Spheres had the highest. Sonazoid exhibited the maximal IC
dose after fragmentation. The fragmentation threshold for
shorter pulses, which is typical in clinical diagnostic ultra-
sound situations, was higher. Three or more cycles were nec-
essary for thin-shell biSpheres to reach the steady-state frag-
mentation threshold. More cycles were required for the
thick-shell biSpheres. Our results may provide useful guid-
ance for a wiser selection of UCA bubbles based on their
destruction properties and IC response.
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Microparticle column geometry in acoustic stationary fields
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Particles suspended in a fluid will experience forces from stationary acoustic fields. The magnitude
of the force depends on the time-averaged energy density of the field and the material properties of
the particles and fluid. Forces acting on known particles smaller than 20mm were studied. Within
a 500 kHz acoustic beam generated by a plane-piston circular source, observations were made of the
geometry of the particle column that is formed. Varying the acoustic energy altered the column
width in a manner predicted by equations for the primary acoustic radiation force from scattering of
particles in the long-wavelength limit. The minimum pressures required to trap gas, solid, and liquid
particles in a water medium at room temperature were also estimated to within 12%. These results
highlight the ability of stationary acoustic fields from a plane-piston radiator to impose
nano-Newton-scale forces onto fluid particles with properties similar to biological cells, and suggest
that it is possible to accurately quantify these forces. ©2003 Acoustical Society of America.
@DOI: 10.1121/1.1528171#

PACS numbers: 43.80.Vj, 43.20.Rz, 43.25.Uv, 43.25.Qp@MFH#

I. INTRODUCTION

Acoustic energy has been used extensively to trap, con-
centrate, and sort many types of particles suspended in fluids.
Our long-term goal is to evaluate the potential for using a
stationary acoustic pressure field of known topography to
probe and measure mechanical forces on biological cells.
Applications may include the study of cellular
mechanotransduction1 and the mechanics of cell adhesion.2,3

Forces on liquid particles captured in standing waves were
explored by So¨llner and Bondy4 and Crum.5 These works
provide a basis for studying forces on cell suspensions in
fluids. More recently, investigators have studied columns of
inorganic and organic particles formed from acoustic
forces,6–9 and they report that details of the column geom-
etry depend on the physical properties of the particles and
the fluid as well as the acoustic energy field. Based on the
physics of particle column formation, flow chambers were
developed to sort, concentrate, and fractionate dilute particle
suspensions.8,10–12 Similar experimental techniques have
been applied at reduced scales using standing surface waves
in microsystems.13

One experimental goal has been to control the position
of individual or groups of particles in static or streaming
fluids with a radiation force. For example, time-independent
radiation forces from plane standing waves will trap particles
in planes separated by half-wavelength intervals if the radia-
tion force exceeds the sum of other forces acting on the
particles ~predominantly gravitational for fluid particles!.
Three aspects of the experiment must be known to accurately
control particle position and measure the radiation force dis-
tribution: the time-averaged energy density of the stationary
pressure field, the material properties of the suspended par-

ticles and the fluid, and the relationship between the acoustic
energy density and the radiation force.

A few investigators9,14 have used the geometry of levi-
tated particle columns to validate force predictions. Standing
wave beams concentrate acoustic energy along an axis, so
the margin of the particle column occurs where the primary
acoustic radiation force equals the gravitational force. Con-
sequently, the radiation force distribution can be calibrated
using particles of known properties suspended in water. Once
calibrated, the method can be used to study important un-
known properties of particles.

Our purpose in this report is to verify that acoustic ra-
diation force theory15 for weakly interacting particles with
dimensions smaller than the acoustic wavelength can quan-
titatively predict the width of columns formed in beams of
acoustic energy. For these experiments, we use a 500 kHz
beam of standing waves in a water chamber with suspended
gas, solid, or liquid particles. Our chamber is similar to a
chamber used by Asaki.16,17 This chamber design, unlike
other experiments, is not intended to resonate with the
source.8 Therefore standard techniques for predicting pres-
sure fields from an unfocused circular source apply.

II. METHODS

In the following section we describe components of the
acoustic force model assembled from the literature specifi-
cally for our experimental conditions.

A. Stationary field from unfocused source

A planar standing pressure waveps is generated when a
continuous compressional wavept(z,t)5P cos„v0(t
2z/c)… traveling in lossless media along thez axis at speed
c, with radial frequencyv0 and amplitudeP, is reflected by
a surface in thex,y plane. If the reflector has reflection co-

a!Author to whom correspondence should be addressed. Electronic mail:
mfinsana@ucdavis.edu
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efficient R521 and is placed a distancez5Z from the
source plane at a spatial pressure node, such thatZ5ml/2
for integerm and wavelengthl, then

ps~z,t !5Re$Peiv0~ t2z/c!2Peiv0~ t1z/c!%

52P sin~kz!sin~v0t !, ~1!

wherek5v0 /c is the wave number and Re is the real part of
the complex quantity.

Radiation force theory is well established for plane
waves, but these pressure fields are difficult to generate ex-
perimentally. However, acoustic beams are readily available.
Like plane waves, acoustic beams form standing waves when
a planar air–water reflecting surface is parallel to the source
plane atz5Z. The amplitude is increased when the source
plane is also a plane reflector; e.g., Plexiglas hasR50.389.
To minimize chamber resonances, the diameter of the cylin-
drical water chamber is much larger than the beam width and
the radiator is mechanically uncoupled from the chamber as
much as possible~Fig. 1!. We now examine the farfield pres-
sure of a traveling wave in water from an unbaffled, circular
piston, flush-mounted to the base of a cylindrical water
chamber.18 Beyond the last axial maximum, the stationary
pressure field,ps , is the sum of reflected traveling waves:

ps~z,r ,t !5ReH i
P0ka2

4
eiv0t (

n50

` FR1
nR2

nS 2J1~V r !

V r
D e2 ikr n8

r n8

1R1
nR2

n11S 2J1~Vs!

Vs
D eiksn8

sn8
G J . ~2!

J1 is the first-order Bessel function of the first kind,r n8
2

5(2nZ1z)21r 2 and sn8
25„2(n11)Z2z…21r 2 are radial

positions relative to the source center,a is the source radius,
V r5kar/r n8 , Vs5kar/sn8 , 21<R1 , R2<1, andn is an in-
teger denoting reflection number. The sum in Eq.~2! con-
verges because of losses from beam divergence and imper-
fect reflections.R2 for the upper water–air reflecting surface
is approximately21, but R1 of the lower water–Plexiglas
surface is just 0.389 at 20 °C~Plexiglas:19 2700 m s21, 1.150
g cm23; water:20,21 1483 m s21, 0.998 g cm23!. Wave propa-
gation is essentially lossless in degassed water21,22 at
0.5 MHz becauseaw5(3.733mv0

2)/(2rc3), m50.010
g cm21 s21, and therefore aw51.9631023 dB cm21

MHz22.

Nodes and antinodes occur in the farfield main lobe of
the beam at surfaces separated byl/2. The nodal surfaces are
predicted by Eq.~2! by settingn50, integrating over time,
and locating contours of relatively constant phase. Our crite-
rion for defining a ‘‘relatively constant phase’’ is determined
experimentally, as described in Sec. IV.

We also examined the behavior of numerically simulated
stationary fields throughout the chamber. Field II23 was used
to predict the relative traveling-wave pressure field atv0 for
an axial length.20Z. To use Eq.~2! or numerical field
simulators for comparison with experiments, the system
must be calibrated to relate the rms transducer drive voltage
V to the pressure amplitudeP0 . A relationship betweenP0

and V provided by Gonnard24 for traveling waves satisfies
this requirement:

P05
A2

tc

d33

S33

V, ~3!

wheretc is the transducer crystal thickness,d33 is the piezo-
electric coefficient, andS33 is the elastic compliance of the
element. These parameters can be measured or obtained from
the manufacturer. Based on this equation, the axial pressure
amplitude for the unbaffled, circular plane piston18 is

P~z!5P0UsinFkz

2
~A11~a/z!221!GU, ~4!

and givesP(a2/l).P0 . After calibration, we numerically
‘‘folded’’ the pressure field to simulate reflection, weighting
values according to the reflection coefficients, and summed
via Eq. ~2! to obtain an absolute numerical estimate of the
stationary pressure field throughout the chamber. We com-
puted the magnitude and phase of this stationary field along
the radial axisr nearz5a2/l and plotted the result in Fig. 2.
From the geometry of Fig. 1~b!, it is straightforward to show
that the phase varies quadratically withr in the paraxial re-
gion whereZ@r , i.e., Dw.r 2/2Z. So the lateral phase plot
in Fig. 2~b! is expected for our stationary field.

B. Primary radiation force

Particles suspended in a stationary field experience
forces depending on their position. This primary radiation
force was predicted for traveling waves from a finite-size
radiator25 using the approach introduced by Yosioka and

FIG. 1. ~a! A photograph of the acous-
tic levitation chamber.~b! The stand-
ing wave beam is illustrated and the
measurement geometry is defined. The
transducer radius isa, and the reflec-
tion coefficients at the base and
water–air surfaces areR1 andR2 , re-
spectively. A low-attenuation agar
phantom~dark disk! with acoustic im-
pedance matched to the water medium
is inserted near the center of the cham-
ber.
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Kawasima.26 Such methods are not easily applied to acoustic
beams because of the complexity of the equations that ac-
count for spherical divergence and multiple reflections. We
seek a solution valid for regions of a relatively planar phase.
Here we show in the long-wavelength limit the equivalence
of Gor’kov’s solution of the primary radiation force to that
obtained from the scattering solution of plane stationary
waves.

Gor’kov15 took a more general approach to predicting
radiation force that holds for spherical particles in the long-
wavelength limit for an otherwise arbitrary pressure field. He
defined the primary radiation force vector as the gradient of a
field potentialU:

Fp52¹U, ~5!

where

U5V0@^PE& f 12 3
2 ^KE& f 2#. ~6!

¹ is the gradient operator,V05 4
3pR0

3 is the spherical
particle volume, and̂KE& and ^PE& are the time-averaged
kinetic and potential energy densities.22,27 The monopole
and dipole scattering contributions aref 1512rc2/r0c0

2 and
f 252(r02r)/(2r01r) with r0 andc0 the particle density
and sound speed.

Yosioka and Kawasima and others have used a velocity
potential approach to show that the primary radiation force
for plane standing waves26,28,29described by Eq.~1! is

Fp52pR0
3 4P2

rc2
Xk sin~2kz!êz, ~7!

whereêz is the unit vector oriented along thez axis andX is
a force factor that depends on properties of the particle and
medium. In the long-wavelength limit defined in terms of the
particle radiusR0 and wave numberk0 as k0R0!1 and
kR0!1, it has been shown that26

X52F ~c/c0!2
„3r0 /r2~k0R0!2

…

~c0 /c!2~k0R0!61„3r0 /r2~k0R0!2
…

2G ~8!

for gas spheres in fluid and

X5F r0 /r1 2
3~r0 /r21!

112r0 /r
G2F 1

3~r0 /r!~c0 /c!2G , ~9!

for solid or liquid spheres suspended in fluid. Equations~7!–
~9! describe the primary radiation force ifr/r0 is of order

one for solid or liquid particles, and of order (kR0)2 for
gas-phase particles. Ishimaru30 approximates the threshold
for long wavelength to beR050.05l. For our studies,
v0/2p5500 kHz. The wavelength is 440mm in isobutane
microbubbles and 5 mm in polystyrene microspheres, requir-
ing diameters less than 22mm for gases and less than 250
mm for solids~Table II later!.

If we limit radiation force predictions to regions in the
stationary field with relatively planar phase, Eq.~5! may be
compared directly with Eq.~7! to relate the force factorX
defined by Yosioka and Kawasima with the particle mono-
pole and dipole contributionsf 1 and f 2 . Using the pressure
field of a plane standing wave, Eq.~1!, and setting Eq.~5!
equal to Eq.~7!, we find thatX5 f 1/31 f 2/2 ~see the Appen-
dix!. For gas-phase particles,f 1@ f 2 , so that X5 f 1/3. A
comparison off 1512rc2/r0c0

2 and Eq.~8! shows this is
valid under the assumptions off 1@1 andk0R0!1. Hence,
for gas-phase particles, Eq.~6! reduces to

U53V0^PE&X. ~10!

The above radiation force equations presume that ther-
mal and viscous effects may be ignored. At 500 kHz, the
particle viscous boundary layerdv5A2m/v0r is 0.799mm
at 20 °C, so we consider viscous damping effects negligible
since R0.10dv .22,31,32 The thermal layer thicknessd t

5A2x/v0 is typically 0.100mm, wherex is the thermal
diffusivity constant,33 so for R0.d t , losses due to thermal
damping are also negligible.

C. Column formation

In addition to the primary radiation force, particles ex-
perience forces from gravity, secondary radiation,34 acoustic
streaming,35 thermal convection, viscous drag,36 Oseen
forces arising from pressure field distortions, Brownian dif-
fusion, and those from hydrostatic pressure gradients. Thus,
particle column formation may be affected by any of these
forces. We evaluated all forces for our experiment to deter-
mine their relative contributions. Only the primary and sec-
ondary radiation forces and gravitational forces were signifi-
cant. For a Mach number of 1 and field intensity of 2
W cm22, the maximum traveling-wave peak pressure is 240
kPa. Finite-amplitude wave distortion will not occur until the
pressure wave has traveled more than 100 cm from the
transducer,37 so Oseen forces can be neglected. The magni-
tude of acoustic streaming is dependent on the mean free
pathlength,35 which was reduced through insertion of a solid
phase medium that had acoustic properties closely matched
to water.

An equation for the secondary radiation force between
two particles of similar properties in a standing wave was
developed by Weiser and Apfel:22,34

Fs54pR0
6F ~r02r!2~3 cos2 w21!

6rd4
^v2~z,r ,t !&

2
v2r~1/r0c0

221/rc2!2

9d2
^p2~z,r ,t !&G êw . ~11!

FIG. 2. The~a! normalized magnitude and~b! spatial phase of the stationary
pressure field as a function of the lateral position at an antinode in the
transducer farfield,z533.6 mm.
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w is the angle between the centerline of the two particles and
the direction of acoustic wave propagation,d is the interpar-
ticle distance, andêw is a unit vector from particle 1 to par-
ticle 2, where particle 1 is the radiator and particle 2 experi-
ences the secondary radiation force. Negative values ofFs
represent an attractive force on particle 2 and positive values
represent a repulsive force. Evaluating this equation in re-
gions of column formation where particles are in close prox-
imity ~,5 mm!, solid particles experience secondary radia-
tion forces 1025 smaller than the primary radiation force.
However gas-phase particles experience attractive secondary
radiation forces of significant magnitude, resulting in small
average interparticle spacing that acts to narrow the width of
columns that form.

The gravitational force is

Fg5
4
3 pR0

3~r2r0!g, ~12!

where the gravitational accelerationg is directed along the
2z axis. Particles are at equilibrium in the pressure field
when the net force acting on them is zero. The minimum
pressure amplitude required to trap particles,Pmtp, is found
for plane standing waves by equating~5! and ~12! at axial
positionsz5(2m11)l/8. There we find

Pmtp52P uequil.5US 4gr~r2r0!c3

~ f 113 f 2/2!v0
D 1/2U

5US 4gr~r2r0!c3

3Xv0
D 1/2U D . ~13!

The minimum trap pressure amplitude for nonplanar station-
ary fields will remain the same although locations where the
particles are trapped will vary. Increasing the transmission
power level from zero, the first particles trapped are on the
beam axis. Increasing power widens the column. Gas par-
ticles (X,0) are trapped at the pressure antinodes while
solid and liquid particles (X.0) are trapped at the pressure
nodes. In theory, surrounding each pressure node~antinode!
there are two locations where the net force is zero, and par-
ticles may gather at either location. In practice, however,
most particles are present at only one of these two force
nodes depending on the direction of the gravitational force.
There will be a curvature to the particle columns up or down
because the radiation force in the main lobe of the beam
varies @see Fig. 3~b!#. The beam profile limits the column
width; particle columns form only within the region of the
main lobe, where the phase front is approximately planar and
parallel to the reflectors. An important result for this study
will be to establish experimentally the extent of this region.

III. EXPERIMENTAL DESIGN

A. Chamber design

A narrow-band, plane circular PZT-4 source~Table I!
was mounted flush with the base surface of a cylindrical
Plexiglas water tank~Fig. 1!. The power rating and electro-
mechanical coupling factor of the transducer were selected to
levitate all particles examined in this study.

The chamber was designed to minimize resonances
other than those from the PZT source. External vibrations
were minimized by placing the chamber on a vibration
damping table. A silicon rubber O ring surrounded the trans-
ducer housing as a water seal and for mechanical isolation.
However, isolation was not perfect and Plexiglas is an inef-
ficient reflector. Energy was transmitted into the base by
leakage through the O ring, and from energy reflected from
the top surface. Measurable axial chamber resonances were
produced that were detected by examining the magnitude of
the Fourier transform of the time-averaged signal envelope
obtained from a hydrophone at discrete spatial locations
along the beam axis. We found spectral peaks at frequencies
much lower than the transducer resonant frequency and at
amplitudes 15–20 dB below the transducer fundamental.38

At these strengths, the results presented herein were not ad-
versely affected. Three axial chamber resonance peaks were
found at the frequencies,c/lc5,313.6 kHz, where,51,
2, 3 and Z5lc/2. The fundamental wavelength for axial
chamber resonancelc was determined by the water height
set atZ554.73 mm.

A chamber radius of 57 mm was used to minimize side-
wall reflections of the beam energy. At this radius sidewall
pressures were,230 dB relative to the axial peak pressure,
and lateral chamber resonances were not detected, i.e., the
lateral margins could be considered a pressure relief bound-
ary. The beam was found to be axisymmetric by hydrophone

TABLE I. Transducer design specifications.

Manufacturer/Model Etalon/LIHP-40-0.5019-SCB1
Type Immersion
Crystal material PZT-4
d33

a 330310212 m V21

S33
b 15.5310212 m2 N21

Crystal sound speed 3831 m s21

Crystal diam. 2a/Thick. tc 19.0/3.5 mm
Resonant frequency 544 kHz
Focusing None
Power rating 60 W
Maximum achievable intensityc 8 W cm22

Maximum achievable pressurec 490 kPa peak

aDisplacement coefficient.
bElastic compliance coefficient.
cReported for traveling wave pressure field atz5a2/l.

FIG. 3. ~a! Photograph of double column formation for a mixture of gaseous
~isobutane,r0,r andX,0) and solid~polystyrene,r0.r andX.0) par-
ticles. ~b! Geometry of particles trapped near pressure nodes and antinodes.
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measurements of pressure contours in planes at several
farfield axial positions.38 Forty half-wavelengths were gener-
ated overZ at 22 °C andv0/2p5544 kHz. It was discovered
that placing the water surface exactly at a pressure null is not
critical since radiation pressure appears to move the water
surface to a node. The sound beam was oriented normal to
the water–air surface using a tripod built into the chamber
base.

The transducer was driven near resonance by a continu-
ous wave~CW! sinusoidal voltage or with CW bursts by the
output of a rf linear power amplifier~ENI 3100LA, Roches-
ter, NY! responding to an arbitrary waveform generator sig-
nal ~LeCroy LW420B Wavestation, Chestnut Ridge, NY!.
Standing waves formed if the duty factor was>0.4.

B. Pressure and force models

Equation ~2! provides intuition about the stationary
farfield topography. However, a Matlab version of the Field
II program23 provided numerical simulations that accurately
described the field throughout the chamber. CW pressure
fields were computed for our experimental conditions with
an axial resolution of 50mm and lateral resolution of 250
mm. The model was rescaled to establish predictions of ab-
solute pressure in two ways: from Eqs.~3! and~4! and from
calibrated hydrophone measurements. The stationary field
was generated as described in Sec. II A by multiply reflecting
the calibrated traveling wave pressures between the two re-
flecting planes, assuming coefficientsR1520.999 for the
water–air surface andR250.389 for the water–Plexiglas
surface, and time averaging over several periods.

Using Eqs.~5! and~12!, we computed the net force act-
ing on spherical gas-phase, solid particles and liquids
throughout the volume. We assumed the liquid particles con-
sisted of a uniform suspension of 20mm microspheres, such
that forces predicted are for that particle diameter. Neverthe-
less, predictions of the factorX, minimum trap pressure, and
column widths are valid regardless of the true diameter be-
cause the functional dependence of the gravitational and ra-
diation forces onR0 is the same.

C. Pressure field measurement

The stationary pressure field was mapped using a 0.4
mm diam PVDF needle hydrophone~Specialty Engineering
Associates PVDFZ44-0400, Soquel, CA!. The hydrophone
response was amplified~Specialty Engineering A101!, low-
pass filtered~1.9 MHz corner frequency!, recorded with a
digital oscilloscope ~LeCroy Wavepro 940! at 20
MSamples/s and 8 bits, and transferred using Labview to a
PC for an analysis. The hydrophone position was indexed
under Labview PC control in they,z plane at a spatial reso-
lution of 50mm axially and 0.5 mm laterally, using a Parker
Daedel XYZ positioner~Rohnert Park, CA! and a Galil mo-
tion controller~Rocklin, CA!. The size of the needle hydro-
phone limited the lateral resolution. The temporal waveform,
which was sinusoidal, was recorded for 20 periods at each
spatial position. The amplitude of the stationary field was
found by squaring the waveform, averaging the result over
time, and taking the square root.

The hydrophone frequency response was relatively flat
below 10 MHz, and was cross-calibrated to calibrated needle
~Specialty Engineering Associates PVDFZ44-0200, 0.2 mm
diam39! and membrane~Marconi Y-34-3578, MRQ-IP033!
hydrophones using a substitution method.40–42 Calibration
uncertainty is estimated at,61.5 dB ~2247.31 dB re 1
V/mPa!.

D. Particle levitation

Gas, liquid, and solid-phase particles listed in Table II
were examined. Cavitation in water was minimized by a de-
gassing procedure and by limiting the chamber peak pres-
sures to 400 kPa. Acoustic streaming was minimized by re-
placing water near the source with a congealed agar cylinder
whose specific acoustic impedance was similar to water
~agar: 25 mm thick, 1486 m s21, 1.015 g cm23!. Measured
using a through-transmission technique,43 the scatter-free
agar had a low attenuation coefficient~0.087 dB cm21610%
at 2.5 MHz!, which is approximately six times that of water.

The fluid was illuminated for photography with a high-
intensity fiberoptic illuminator~Dolan Jenner Industries Fi-
ber Lite 181, Lawrence, MA! or a mercury arc lamp~Opti-
Quip 1200, Highland Mills, NY!. To reduce thermal
gradients, extended hot mirrors~Edmund Industrial Optics,
Barrington, NJ! with 425–675 nm transmission/750–1150
nm reflection were placed between the optical source and
chamber to remove infrared energy. A digital zoom camera
~Olympus Camedia C3030, Melville, NY! photographically
recorded the particle columns.

The stationary field was mapped after the particle levi-
tation experiments using particulate-free agar–water media.
Particles were attracted to the hydrophone tip due to second-
ary radiation forces, thus reducing the signal amplitude. Con-
sequently,Pmtp was estimated from measurements made in

TABLE II. Particle properties.

Particle Type
Diameter
2R0 ~mm!

Density
r0 ~g cm23!

Sound speed
c0 ~m s21!

Isobutaneb encap.gas 9.0 0.036f 220f

Polystyrenec solid 19.0 1.045g 2350g

Glycerined liquid 20.0e 1.260g 1920g

aAll values reported for 20 °C and 0.1 MPa atmospheric pressure.
bExpancel 551-DU-20 microbubbles, dry-packaged.
cBangs Laboratories Dynospheres PS07N, wet packaged.
dFisher Scientific Chemical G33-4, 99.7% pure glycerine, contrasted with a
few drops of McCormick blue and red food coloring dye.

eAssumed value.
fFor encapsulated gases, density and sound speed are based on the shell–gas
composite. Values for pure isobutane~i.e., no shell! ~Ref. 45! are 2.485
31023 g cm23 and 209.4 m s21.

gValues from Kaye and Laby~Ref. 21!.

TABLE III. Force magnitude~nN! andPmtp ~kPa peak!.

Particle Fpz
a Fpr

a Fgz X Pmtp
b Location

Isobutane 16.750 5.169 0.00362443 5.9~5.2! antinode
Polystyrene 0.079 0.024 0.0017 0.221 52.9~52.0! node
Glycerine 0.104 0.032 0.0108 0.249 119.5~115.1! node

aPrimary radiation forceFp is calculated at the peak pressure 374.2 kPa.
bMeasured~predicted! values.
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pure water under otherwise identical experimental conditions
to the particle column experiments. The minimum trap pres-
sures reported are based on the average of results from five
independent experiments for each particle type.

IV. RESULTS

Pressure field simulations calibrated using properties of
the transducer were verified by a comparison with hydro-
phone measurements at the region of peak pressure in the
chamber. Measurement uncertainty was approximately 2% of
the mean. Force magnitudes in the range of 10212– 1029 N
~pN–nN! were estimated by combining the simulation re-
sults, Eq.~5!, and physical properties of the particles~Table
II ! and medium. Results of these calculations are shown in
Table III along with measured and predicted minimum trap
pressures and the location of particle trapping. For the cal-
culations in the tables, the drive voltage was arbitrarily cho-
sen to be 31.6 V peak, corresponding to electrical power
dissipation of 10 W. This value is within the power rating of
the source and therefore is achievable experimentally. Mea-
surements of the particle minimum trap pressures confirmed
the force model predictions.

We were able to levitate all three particle types within a
few seconds of applying the drive voltage to the transducer.
In all cases, the geometry of the column was in accordance
with predictions from the force model. Column formation in
a mixed particulate suspension of 19.0mm polystyrene mi-
crospheres and 9.0mm isobutane encapsulated microbubbles
was examined to show how gas-filled particles are levitated
at pressure antinodes and solids at pressure nodes, as previ-
ously described by So¨llner and Bondy.4 The maximum pres-
sure was 72.7 kPa peak in the region of column formation.
See Fig. 3~b!.

We also demonstrated that solid particles can be trapped
in the pressure near-field, where the stationary field topogra-
phy is more complex. We found that when a dense concen-
tration of 19.0mm diam polystyrene microspheres was in-
jected 5.5 mm from the source, the microspheres were seen
to cluster in a 3 mmdiam ring. See Fig. 4. The axial position
and inner diameter of the ring corresponded to those pre-
dicted by the model. However, the observed outer diameter
of the ring was smaller than predicted, most likely because of
the influence of secondary radiation forces. This ring forma-
tion demonstrates that particle trapping, even in the near
field, is possible and predictable.

Although columns were formed with all three types of
particles,38 our greatest interest lies with fluid and solid par-
ticles because their properties can be similar to biological
cells. We were able to levitate liquid glycerine in the farfield
of the source~a few drops of food coloring dye were added
to provide optical contrast!. Glycerine is miscible in water
and will eventually dissipate. However, its viscosity allowed
stable column formation for 30–60 s—sufficient for photo-
graphic recording. The measured widths of glycerine col-
umns seen in Fig. 5 are compared with predictions in Fig. 6.
The comparison is based on a criterion that defines the planar
phase region as the area where the phase varies from the
axial value less thanp/4 ~or l/8!. This phase limit is an
experimentally determined parameter that was adjusted until
we found the closest agreement between measured and pre-
dicted values plotted in Fig. 6. The cause of the abrupt in-
crease in measured column width at an intermediate source
voltage is unknown, but is likely due to transducer beam
effects that were not predicted by the model. Error bars on
the predicted column widths indicate the range possible aris-
ing from a pressure uncertainty caused by a hydrophone er-
ror of 61.5 dB. Error bars on the measured column widths
indicate one standard deviation of the mean width from sev-
eral photographs of a single experiment.

V. CONCLUSIONS AND DISCUSSION

The manipulation of cells by acoustic standing waves
has been the subject of previous research efforts, notably

FIG. 4. A ring of 19.0mm diam polystyrene micro-
spheres predicted by the force model~a! is shown in the
near field of the source~b!. The ring is 5.5 mm above
the transducer surface. The ring dimensions are 3.2 mm
O.D. and 2.2 mm I.D. The predicted peak pressure at
the location of the ring is 113.1 kPa. A shadow of the
ring is visible on the transducer surface.

FIG. 5. ~a! Predicted column formation of glycerine located 50 mm from the
transducer surface. The pressure at the location of column formation is
277.1 kPa peak.~b! Photograph of the measured column width.
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Weiser and Apfel in red cell manipulation34 and Tilley in cell
adhesion.3 Previous experimental work simplified the analy-
sis by utilizing standing waves based on efficient chamber
designs, such as acoustic resonant chambers or narrow-
walled chambers. Our contribution to the field is the rigorous
characterization of levitation by an acoustic beam via the
determination of the radiation force values and particle col-
umn geometries. We used wide-walled chambers so that the
maximum width of column formation was minimally influ-
enced by the chamber walls and mainly dependent on the
beam geometry.

Characterization of levitation is achieved by utilizing a
plane-wave scattering model that describes the force from a
stationary pressure field on particles suspended in liquid and
can predict measurements in acoustic beams from a circular
piston radiator in specific regions of the field. It is the plane-
wave analysis that limits force predictions to regions in the
pressure field, where the phase front varies less thanp/4
from the axial phase value. Under these conditions, the
gravitational and primary radiation forces predict the size
and curvature of columns formed in water. The extent of
allowable deviation from a true planar phase front was de-
termined empirically by fitting measurements to predicted
values over a range of output power. The radiation forces are
on the order of pN~for solid particles and liquids! to nN ~for
gas-phase particles!, covering the range of most cellular ad-
hesion forces.

As long as waves propagate linearly, the results devel-
oped in this study can be scaled down in size and wavelength
using microsystems technology so that individual particles or
small particle groups can be observed under a light micro-
scope. Such microsystems are necessary to directly study
secondary radiation forces arising from particle–particle in-
teractions and individual cellular adhesion forces.
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APPENDIX: X„f 1 ,f 2… FOR PLANE STANDING WAVES
WHERE kR 0™1

The integral form of the linear Euler’s equation44 relates
fluid particle velocityv to pressure via Newton’s second law,

v~r 8,t,t0!52
1

rEt0

t

¹ps~r 8,t8!dt8. ~A1!

For the plane standing waves andt050,

v~z,t !52
P

rc
cos~kz!cos~vt !êz. ~A2!

The time-averaged kinetic and potential energy densities of
plane standing waves are22,27

^KE&5
r^v2~z,r ,t !&

2
5

P2

rc2
cos2 kz ~A3!

and

^PE&5
^ps

2~z,r ,t !&

2rc2
5

P2

rc2
sin2 kz. ~A4!

Setting Eqs.~5! and ~6! equal to Eq.~7! for spherical par-
ticles,V05 4

3pR0
3, we have

1

3 F f 1¹^PE&2
3

2
f 2¹^KE&G5

P2

rc2
Xk sin~2kz!. ~A5!

Combining Eqs.~A3!–~A5!, we obtain

1

3

P2

rc2 F f 11
3

2
f 2Gk sin~2kz!5

P2

rc2
Xk sin~2kz!. ~A6!

Consequently, the relationship between the force factorX
and particles propertiesf 1 and f 2 is X5 f 1/31 f 2/2 for sta-
tionary plane waves.
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Erratum: ‘‘Analysis of the time-reversal operator for scatterers
of finite size’’ [J. Acoust. Soc. Am. 112, 411–419 (2002)]
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Figure 5 and the corrected caption are shown below:

FIG. 5. Analysis of time reversal with a 96-element linear array and a
rubber sphere for a range ofka. ~a! Backscatter form factor.~b! Magnitude
of coefficients,uBnu, in the expansion for the scattered field~labels indicate
values ofn!. ~c! Spectrum of the first 20 singular valuesmn ~labels are
shown for the first nine!.
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