CODEN: JASMAN

of the

The Journal

Acoustical Society of America

ISSN: 0001-4966

Vol. 126, No. 6

December 2009

JASA EXPRESS LETTERS

Exploiting forward scattering for detecting submerged proud/half-
buried unexploded ordnance

Masking with interaurally ‘“‘double-delayed” stimuli: The range of
internal delays in the human brain

Accuracy of the deterministic travel time retrieval from cross-
correlations of non-diffuse ambient noise

Acoustic measurements of clay-size particles

The intelligibility of pointillistic speech

LETTERS TO THE EDITOR

A special relation between Young’s modulus, Rayleigh-wave
velocity, and Poisson’s ratio (L)

Authors’ Response to Strasberg’s “Comment on ‘Measurement of
the frequency dependence of the ultrasonic parametric

threshold amplitude for a fluid-filled cavity’ ” [J. Acoust. Soc. Am.
125, 1857 (2009)] (L)

Broadband directive sources for acoustic discrete-time simulations

L)

Effects of voicing in the recognition of concurrent syllables (L)

GENERAL LINEAR ACOUSTICS [20]

On the use of leaky modes in open waveguides for the sound
propagation modeling in street canyons

Three dimensional finite element modeling of smart foam

NONLINEAR ACOUSTICS [25]

Short-range shock formation and coalescence in numerical
simulation of broadband noise propagation

(Continued)

J. A. Bucaro, B. H. Houston, H.
Simpson, L. R. Dragonette,
L. Kraus, T. Yoder

Torsten Marquardt, David McAlpine

Oleg A. Godin

Wayne O. Carpenter, Jr., James P.
Chambers, Daniel G. Wren,
Roger A. Kuhnle, Jeffrey A. Diers

Gerald Kidd, Jr., Timothy M.
Streeter, Antje Ihlefeld, Ross K.
Maddox, Christine R. Mason

Peter G. Malischewsky, Tran
Thanh Tuan

A. Teklu, Michael S. McPherson,
M. A. Breazeale, Roger D. Hasse,
Nico F. Declercq

José Escolano, José J. Lépez,
Basilio Pueo

Martin D. Vestergaard, Roy D.
Patterson

Adrien Pelat, Simon Félix, Vincent
Pagneux

Pierre Leroy, Noureddine Atalla,
Alain Berry, Philippe Herzog

Micah R. Shepherd, Kent L. Gee,
Mark S. Wochner

EL171

EL177

EL183

EL190

EL196

2851

2854

2856

2860

2864

2873

2886


http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL171000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL171000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL171000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL171000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL171000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL171000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL177000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL177000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL177000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL177000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL183000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL183000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL183000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL183000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL190000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL190000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL190000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL190000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL190000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL196000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL196000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL196000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL196000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN0001260000060EL196000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002851000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002851000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002851000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002851000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002851000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002854000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002854000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002854000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002854000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002854000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002854000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002854000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002854000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002856000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002856000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002856000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002856000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002856000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002860000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002860000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002860000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002860000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002864000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002864000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002864000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002864000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002864000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002873000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002873000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002873000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002873000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002886000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002886000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002886000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002886000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002886000001&idtype=cvips

THE JOURNAL OF THE ACOUSTICAL SOCIETY OF AMERICA

CONTENTS—Continued from preceding page

AEROACOUSTICS, ATMOSPHERIC SOUND [28]

Geostatistical modeling of sound propagation: Principles and a field
application experiment

UNDERWATER SOUND [30]

Measurements and inversion of acoustic scattering from
suspensions having broad size distributions

Automatic recognition of fin and blue whale calls for real-time
monitoring in the St. Lawrence

VOL. 126, NO. 6, DECEMBER 2009

Olivier Baume, Benoit Gauvreau,
Michel Bérengier, Fabrice
Junker, Hans Wackernagel,
Jean-Paul Chiles

Benjamin D. Moate, Peter D.
Thorne

Xavier Mouy, Mohammed
Bahoura, Yvan Simard

ULTRASONICS, QUANTUM ACOUSTICS, AND PHYSICAL EFFECTS OF SOUND [35]

Eigenmodal resonances of polydisperse bubble systems on a rigid
boundary

Angular and frequency spectral analysis of the ultrasonic backward
beam displacement on a periodically grooved solid

Resonant ultrasound studies of the layered perovskite system
Ca,_,Sr,RuQy

Estimating the shell parameters of SonoVue® microbubbles using
light scattering

The natural frequencies of microbubble oscillation in elastic vessels

Post-processing of guided wave array data for high resolution pipe
inspection

TRANSDUCTION [38]

Analytical modeling of piezoelectric ceramic transducers based on
coupled vibration analysis with application to rectangular
thickness poled plates

NOISE: ITS EFFECTS AND CONTROL [50]

Estimation of vehicle speed using wayside sound pressure onset rate

ARCHITECTURAL ACOUSTICS [55]

Determination of elastic constants of generally anisotropic inclined
lamellar structure using line-focus acoustic microscopy

Sound propagation in and low frequency noise absorption by helium-
filled porous material

Comparison of three measurement techniques for the normal
absorption coefficient of sound absorbing materials in the free field

Transmission characteristics of a tee-junction in a rectangular duct
at higher-order modes

Transmission loss of double panels filled with porogranular
materials

(Continued)

Suhith Illesinghe, Andrew Ooi,
Richard Manasseh

Sarah W. Herbison, Nico F.
Declercq, Mack A. Breazeale

Yanbing Luan, Veerle Keppens,
Rongying Jin, David Mandrus

Juan Tu, Jingfeng Guan, Yuanyuan
Qiu, Thomas J. Matula

Sergey Martynov, Eleanor Stride,
Nader Saftari

Alexander Velichko, Paul D.
Wilcox

Boris S. Aronov, Corey L.
Bachand, David A. Brown

Jeffrey A. Zapfe, Eric W. Wood,
Marc S. Newmark

Jin-Yeon Kim, Stanislav I. Rokhlin

Y. S. Choy, Lixi Huang, Chunqi
Wang

Kunikazu Hirosawa, Kazuhiro
Takashima, Hiroshi Nakagawa,
Makoto Kon, Aki Yamamoto,
Walter Lauriks

Siu-Kit Lau, Kwan-Hao Leung

Jean-Daniel Chazot, Jean-Louis
Guyader

2894

2905

2918

2929

2939

2949

2954

2963

2973

2983

2991

2998

3008

3020

3028

3040


http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002894000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002894000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002894000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002894000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002894000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002894000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002894000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002905000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002905000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002905000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002905000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002905000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002918000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002918000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002918000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002918000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002918000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002929000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002929000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002929000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002929000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002929000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002939000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002939000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002939000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002939000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002939000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002949000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002949000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002949000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002949000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002949000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002954000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002954000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002954000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002954000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002954000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002963000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002963000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002963000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002963000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002973000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002973000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002973000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002973000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002973000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002983000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002983000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002983000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002983000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002983000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002983000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002991000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002991000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002991000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002991000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002998000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002998000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002998000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006002998000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003008000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003008000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003008000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003008000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003008000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003020000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003020000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003020000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003020000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003020000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003020000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003020000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003028000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003028000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003028000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003028000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003040000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003040000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003040000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003040000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003040000001&idtype=cvips

THE JOURNAL OF THE ACOUSTICAL SOCIETY OF AMERICA VOL. 126, NO. 6, DECEMBER 2009

CONTENTS—Continued from preceding page

ACOUSTICAL MEASUREMENTS AND INSTRUMENTATION [58]

Measurement of characteristic impedance and wave number of Liang Sun, Hong Hou, Li-ying 3049
porous material using pulse-tube and transfer-matrix methods Dong, Fang-rong Wan
ACOUSTIC SIGNAL PROCESSING [60]
High-rate synthetic aperture communications in shallow water H. C. Song, W. S. Hodgkiss, W. A. 3057
Kuperman, T. Akal, M. Stevenson
A source separation approach to enhancing marine mammal M. Berke Gur, Christopher 3062
vocalizations Niezrecki
Passive cavitation imaging with ultrasound arrays Vasant A. Salgaonkar, Saurabh 3071
Datta, Christy K. Holland,
T. Douglas Mast
Automatic estimation of position and orientation of an acoustic Alberto Yoshihiro Nakano, Seiichi 3084
source by a microphone array network Nakagawa, Kazumasa Yamamoto
Exploitation of symmetries for image reconstruction in linearized Daxin Shi, Mark A. Anastasio 3095
variable density diffraction tomography
Adaptive extraction of modulation for cavitation noise Fei Bao, Xinlong Wang, Zhiyong 3106
Tao, Qingfu Wang, Shuanping
Du
PHYSIOLOGICAL ACOUSTICS [64]
Comparison of in-situ calibration methods for quantifying input to James D. Lewis, Ryan W. 3114
the middle ear McCreery, Stephen T. Neely,
Patricia G. Stelmachowicz
Postnatal development of sound pressure transformations by the Daniel J. Tollin, Kanthaiah Koka 3125
head and pinnae of the cat: Binaural characteristics
Use of the matching pursuit algorithm with a dictionary of W. Wiktor Jedrzejczak, Konrad 3137
asymmetric waveforms in the analysis of transient evoked Kwaskiewicz, Katarzyna J.
otoacoustic emissions Blinowska, Krzysztof Kochanek,
Henryk Skarzynski
PSYCHOLOGICAL ACOUSTICS [66]
Informational factors in identifying environmental sounds in Robert Leech, Brian Gygi, Jennifer 3147
natural auditory scenes Aydelott, Frederic Dick
Perceptual and emotional categorization of sound Penny Bergman, Anders Skold, 3156
Daniel Vistfjill, Niklas Fransson
A comparison of the temporal weighting of annoyance and loudness Kerstin Dittrich, Daniel Oberfeld 3168
What makes a melody: The perceptual singularity of pitch Marion Cousineau, Laurent 3179
sequences Demany, Daniel Pressnitzer
The role of across-frequency processes in dichotic listening Marc Nitschmann, Jesko L. 3188
conditions Verhey, Birger Kollmeier
Effects of bandwidth on auditory localization with a noise masker Douglas S. Brungart, Brian D. 3199
Simpson
Amplification of interaural level differences improves sound Tom Francart, Tim Van den 3209
localization in acoustic simulations of bimodal hearing Bogaert, Marc Moonen, Jan Wouters
Using a signal cancellation technique involving impulse response to Yu-Hsiang Wu, Ruth A. Bentler 3214

assess directivity of hearing aids

(Continued)


http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003049000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003049000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003049000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003049000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003049000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003057000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003057000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003057000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003057000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003062000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003062000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003062000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003062000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003062000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003071000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003071000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003071000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003071000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003071000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003084000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003084000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003084000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003084000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003084000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003095000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003095000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003095000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003095000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003106000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003106000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003106000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003106000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003106000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003114000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003114000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003114000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003114000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003114000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003114000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003125000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003125000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003125000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003125000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003137000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003137000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003137000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003137000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003137000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003137000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003137000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003137000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003147000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003147000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003147000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003147000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003147000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003156000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003156000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003156000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003156000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003168000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003168000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003168000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003179000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003179000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003179000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003179000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003179000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003188000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003188000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003188000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003188000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003188000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003199000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003199000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003199000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003199000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003209000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003209000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003209000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003209000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003209000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003214000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003214000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003214000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003214000001&idtype=cvips

THE JOURNAL OF THE ACOUSTICAL SOCIETY OF AMERICA

CONTENTS—Continued from preceding page

SPEECH PRODUCTION [70]

Analysis of acoustic reduction using spectral similarity measures

SPEECH PERCEPTION [71]

The dynamic range of speech, compression, and its effect on the
speech reception threshold in stationary and interrupted

noise

Speech identification in noise: Contribution of temporal, spectral,
and visual speech cues

Effects of electrode separation between speech and noise signals on
consonant identification in cochlear implants

SPEECH PROCESSING AND COMMUNICATION SYSTEMS [72]

Automatic detection of the second subglottal resonance and its
application to speaker normalization

BIOACOUSTICS [80]

Surface response of a fractional order viscoelastic halfspace to
surface and subsurface sources

Predictions of angle dependent tortuosity and elasticity effects on
sound propagation in cancellous bone

Frequency dependence of average phase shift from human
calcaneus in vitro

Influence of the filling fluid on frequency-dependent velocity and
attenuation in cancellous bones between 0.35 and 2.5 MHz

Pinna-rim skin folds narrow the sonar beam in the lesser false
vampire bat (Megaderma spasma)

Bowhead whale (Balaena mysticetus) songs in the Chukchi Sea
between October 2007 and May 2008

Acoustic analysis of primate air sacs and their effect on
vocalization

Effect of ultrasound contrast agent dose on the duration of focused-
ultrasound-induced blood-brain barrier disruption

Ambient pressure sensitivity of microbubbles investigated through a
parameter study

ERRATA

Erratum: “Acoustic signal horizontal coherence variability:
Relationship to internal tide and storm events” [J. Acoust. Soc. Am.
126(4), 2158 (2009)]

Erratum: “Improving mp3 capability of mobile phones by linking
acoustics information with vibrations” [J. Acoust. Soc. Am.

126(4), 2185 (2009)]

ACOUSTICAL NEWS

Calendar of Meetings and Congresses

(Continued)

VOL. 126, NO. 6, DECEMBER 2009

Annika Hdmaéldinen, Michele
Gubian, Louis ten Bosch,
Lou Boves

Koenraad S. Rhebergen, Niek J.
Versfeld, Wouter. A. Dreschler

Jeesun Kim, Chris Davis,
Christopher Groot

Bom Jun Kwon

Shizhen Wang, Steven M. Lulich,
Abeer Alwan

F. Can Meral, Thomas J. Royston,
Richard L. Magin

Haydar Aygiin, Keith Attenborough,
Michiel Postema, Walter Lauriks,
Christian M. Langton

Keith A. Wear

Michal Pakula, Frederic Padilla,
Pascal Laugier

Xiaobin Wang, Rolf Miiller
Julien Delarue, Marjo Laurinolli,
Bruce Martin

Bart de Boer

Feng-Yi Yang, Shing-Hwa Liu,
Feng-Ming Ho, Chi-Hong Chang

Klaus Scheldrup Andersen, Jgrgen
Arendt Jensen

Marshall H. Orr, Peter C. Mignerey,

David Walsh

Cheol Hong Kim, Young Jin Park,
Jong-Myon Kim

3227

3236

3246

3258

3268

3278

3286

3291

3301

3311

3319

3329

3344

3350

3359

3360

3361
3371


http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003227000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003227000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003227000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003227000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003227000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003236000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003236000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003236000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003236000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003236000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003236000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003246000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003246000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003246000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003246000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003246000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003258000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003258000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003258000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003258000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003268000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003268000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003268000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003268000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003268000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003278000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003278000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003278000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003278000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003278000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003286000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003286000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003286000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003286000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003286000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003286000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003291000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003291000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003291000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003291000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003301000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003301000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003301000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003301000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003301000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003311000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003311000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003311000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003311000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003319000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003319000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003319000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003319000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003319000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003329000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003329000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003329000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003329000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003344000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003344000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003344000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003344000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003344000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003350000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003350000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003350000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003350000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003350000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003359000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003359000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003359000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003359000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003359000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003359000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003360000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003360000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003360000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003360000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003360000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003360000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003361000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003361000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003371000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003371000001&idtype=cvips

THE JOURNAL OF THE ACOUSTICAL SOCIETY OF AMERICA VOL. 126, NO. 6, DECEMBER 2009

CONTENTS—Continued from preceding page

ADVANCED-DEGREE DISSERTATION ABSTRACTS 3373
BOOK REVIEWS 3374
REVIEWS OF ACOUSTICAL PATENTS 3376
INDEX TO VOLUME 126

How to Use This Index 3395
Classification of Subjects 3395
Subject Index to Volume 126 3399

Author Index to Volume126 3447


http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003373000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003373000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003374000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003374000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003377000001&idtype=cvips
http://scitation.aip.org/getpdf/servlet/GetPDFServlet?filetype=pdf&id=JASMAN000126000006003377000001&idtype=cvips

Bucaro et al.: JASA Express Letters [DOI: 10.1121/1.3253683] Published Online 4 November 2009

Exploiting forward scattering for detecting
submerged proud/half-buried unexploded
ordnance

J. A. Bucaro®
Excet, Inc., Springfield, Virginia 22151
bucaro@pa.nrl.navy.mil

B. H. Houston, H. Simpson, and L. R. Dragonette
The Naval Research Laboratory, Washington, DC 20375
brian.houston@nrl.navy.mil, harry.simpson@nrl.navy.mil, dragonet@pa.nrl.navy.mil

L. Kraus and T. Yoder
Global Strategies Group (North America), Crofton, Maryland 20815
larry.kraus.ctr@nrl.navy.mil, yoder@pa.nrl.navy.mil

Abstract: Laboratory underwater bistatic scattering measurements are re-
ported for free, proud, and half-buried unexploded ordnances for 0° and 90°
source angles. Forward echoes are larger than backscattered returns, and half
burial significantly decreases the latter but not the former. Results agree with
analytic predictions borrowed from radar. The forward echo and source sig-
nal are separated by measurements made with and without the target, a
method not possible in a target search. For this, a method is described that
uses knowledge of the source location and the hyperbolic character in time-
cross range of the signals received at points along a line.

PACS numbers: 43.20.Fn, 43.30.Vh [AN]
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1. Introduction

Interest in acoustic techniques to detect and classify underwater unexploded ordnance (UXO)
on or in the sediment has grown steadily as the danger posed to the public by such objects has
become more apparent. Generally, experimental studies of scattering from proud or buried
targetsM have focused on monostatic scattering wherein the source and receiver are co-located.
This letter presents results related to bistatic scattering and, in particular, its forward scattered
component. We would like to explore whether forward scattering provides some advantage rela-
tive to backscattering especially regarding partially buried targets probed below the critical
angle of the sediment/water interface.

2. Forward scattering characteristics

Many UXOs are more or less cylindrical in shape including the particular target whose bistatic
target strength (TS) we measure here. TS is defined in the usual sense’ as 10 log of the ratio of
the intensity returned by the target in some direction, at a distance of 1 m from its acoustic center, to
the incident intensity from a distant source (plane wave). Apart from elastic effects, we can estimate
what one would expect for the forward scattered TS of a finite cylinder using the analysis of Ross’ as
applied to the radar cross-section of a perfectly conducting cylinder. As discussed by Bowman’ for
an electromagnetic wave incident normally on an infinite conducting cylinder, the problem reduces
to the solution of a scalar wave equation for either horizontal or vertical polarization (parallel or
perpendicular to the cylinder axis) of the same form as that for the velocity potential of an acoustic

¥ Author to whom correspondence should be addressed.
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Fig. 1. Bistatic TS displayed in dB as a color map measured for the 5 in. rocket versus frequency (2-25 kHz) and
the source angle minus receiver angle. 0° and 90° source angles are on the left and right, respectively. Free-field
(upper row), proud (middle row), and half-buried (lower row). Monostatic measurements (Ref. 2) for the proud
target (middle right).

wave with soft or rigid boundary conditions, respectively. For this case, in the short wavelength limit,
the forward scattered TS depends in large part on the target’s projected area with a correction term
that takes into account the actual surfaces illuminated by the sound wave.

For the beam incidence (90°) case, Ross’” expression for forward scattering with
wavenumber k gives

TS=10 log , (1)

. . 2
WW exp(%r) + W exp(%)

where 07°(90°)=4(aL/\)?, W=W,,~ 1+0.498(ka) **—0.011(ka) *? with ¢*1%=0 for hori-
zontal polarization, W=W,,,~ 1—0.432(ka) ?*—0.214(ka) *? with ¢*9=7/ 7(a®/\) for vertical
polarization, \ is the acoustic wavelength, k=27r/\, and L and a are the cylinder length and radius.
The unity term in the expression for /7 is the physical optics result while the terms in inverse powers
of ka account for the effect of the curvature near the shadow boundary. The last term gives the
scattering from the ends.

For 0° incidence, Ross’ result gives

TS =10 log|[6"°(0°)1"2 exp(jm/2) + [0°5(0°)]"2 exp(j3 7/4)|?, (2)
where o7°(0°)=72(a?/\)? and 0°5(0°)=0.3(7aL)(a/\). The first term is the physical optics re-

sult and the second term takes into account the contribution from the long, curved surface of the
cylinder.

3. Experimental measurements and the case for detection of buried targets by forward
scattering

We have carried out bistatic acoustic scattering measurements on ordnance whose monostatic
free-field target scattering has already been reported.” The particular target studied here is a 5
in. rocket warhead filled with a polymer material (see photo in Fig. 1). Measurements were
carried out in both free-field and sediment pool facilities with the target placed proud of, and
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Fig. 2. Measured free-field forward scattered TS versus frequency in black. (a) 90° source; blue/green soft/rigid
boundary condition theory, respectively; (b) 0° source; blue theory.

then half buried in, the sediment. In the sediment facility, the source and receiver were 10 cm
above the sediment surface; and for source-to-target and receiver-to-target distances used here
(2.7 and 2.0 m), the sound strikes the sediment at an angle much smaller than the critical angle
(0c~27°).

The bistatic measurement process we employed is similar to that reported in Ref. 2 for
the monostatic case, which used a near-field cylindrical source array and a small “point’ re-
ceiver rotating about the target. The data were collected and processed to recover complex scat-
tering cross-section expressible as TS. The incident acoustic pressure in the form of a broad-
band pulse, the pool clutter (background) pressure, and the scattered pressure were measured in
the following way. First, before positioning the target, the source was excited and the incident
pressure measured at the location corresponding to the target center. Second the source was
excited and the non-target pressure field measured as a function of € at each receiver position to
be used in the scattering experiment. This measurement contains scattering from pool clutter
and, in the forward scattering plane, the incident pressure field. Lastly, the target was inserted
and the scattered pressure field as a function of scattering angle 6, was measured.

The TS was obtained by subtracting measurements made with and without the target.
This process removes energy associated with the incident wave for bistatic angles in the forward
plane as well as from spurious reflections from the finite-sized pool. With the non-target data
file removed from the scattered signal, the range-normalized and incident pressure-normalized
parameter X(f, 0) is formed in terms of the scattered signal P, (f, 6) and the incident field mea-
sured at the target center Py,.(f) as follows:

P scat(f’ 0) RTR
Pinc(f) eikRTR’

where f'is frequency and Ry is the distance from the target center to the receiver. Here the R
dependent factor removes the effects of range from the pressure ratio term. The scattering data were
measured at a range (2 m) that is in the near-field for some target aspects and in the far-field for
others. Since bistatic data can be readily projected to the far-field, we performed this projection on all
the echo measurements. TS values are then defined and displayed as 10 log,(|X(f, #)|*). Measured
bistatic TS versus frequency and A 6= 65— 6; is shown in Fig. 1 for 5=0° and 90° for the free field,
proud, and half-buried cases. Also shown for comparison is the monostatic TS reported by Bucaro
etal

X(1,0) = 3)

We show in Fig. 2(a) the result of Eq. (1) compared to the measured free-field data for
the beam incidence (90°) case taking the rocket as a circular cylinder of length 18 in. and radius
2.5 in. As can be seen, the two agree well over almost the entire frequency band. Overall, the
data are closer to the rigid result than to the free case, which is not surprising given that the
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Fig. 3. (a) Hypothetical long range forward scattering measurement range: Rgy, Rgg, and Ryy are the source-to-target
distance, the distance from the source to a particular receiver, and the distance from the target to a particular receiver,
respectively; (b) time-cross range plots in dB for the direct source 150 m from the center receiver (heavy line) and
for the forward scattered signal X30 with TS given by Eq. (4); (c) scattering TS in dB versus frequency and angle
in the forward scattered sector for the scattering response given by Eq. (4); and (d) that extracted from the numerical
results shown in (b).

target is a relatively thick-walled structure (the cylindrical wall is ~0.5 in. steel). We note that
the sharp peak at the lowest frequencies (which is even more pronounced in the 0° case) is due to a
resonance of the air-filled back compartment (the end wall thickness is ~0.1 in.) as confirmed by
finite element calculations we carried out indicating that at these low frequencies the structure is not
totally rigid. As shown in Fig. 2(b), for end-on incidence (0°), the agreement is good over most of the
band, but Eq. (2) over-predicts TS at the lower frequenc1es The analytic result has the same fre-
quency dependence as that computed numerically using a 7-matrix approach for a rigid, hemi-
spherically capped cylinder of about the same length for equivalent frequencies up to about 8 kHz.
The latter has a TS level of about 4 dB higher, and this is presumably due to additional scattering
from the curved versus flat ends. Why Eq. (2) is higher than the measured result at low frequencies is
unclear.

Consideration of these results leads to the following observations. (1) The forward
scattered echo has TS levels that are significantly higher than any other return, (2) half burial of
the target significantly reduces the backscattered TS levels but not the forward scattered levels,
and (3) the leading forward scattering terms for both 0° and 90° incidences are o¥°(90°)
=4(aL/\)?* and 07°(0°)=72(a?/\)?, which are just the projected areas. We therefore expect that
the forward scattered TS for other aspects or other targets would be of order of the projected areas
with a 6 dB per octave increase with frequency.

We conclude that for the 6; < 6 case, half-buried targets would be difficult to detect in
backscattering. The question then becomes as follows: In order to exploit the higher TS levels
for the forward scattered echo upon burial, is it possible to extract the forward scattered echo
from the strong overlapping incident field without having to remove the target as is done in the
laboratory measurement?

4. Practical extraction of forward scattered signal

In the laboratory measurements presented here, we have been able to obtain an accurate mea-
sure of the forward scattered TS versus frequency and angle by precise mapping of the incident
field (which can be one or more orders of magnitude larger than the scattered pressure) at the
receiver locations prior to target insertion. This is of course not possible in an actual search in
the environment for proud and buried targets. Field approaches, Wthh attempt to extract the
incident field, include, for example, mode filtering in a water channel’ and apex shifted Radon
transforms'’ as applied to ground penetrating radar. The former requires long vertical arrays
that are not practlcal for our application. We illustrate here a source estimation technique related
to the latter,'’ which uses knowledge of the source location and directivity.

Figure 3(a) describes a possible source-receiver-target geometry for long range (below
critical angle) detection of proud or buried UXO. These receiver positions might be realized, for
example, using an autonomous underwater vehicle (AUV) moving in a straight line. The loca-
tion of the source relative to the ith receiver [and therefore the corresponding distance Rgg (i) to the
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ith receiver] is assumed known a priori apart from random fluctuations but not Rgp or Ry (i), the
source-to-target and target to ith receiver distances. In Fig. 3(b) we show the time versus cross range
plots calculated for signals at the various receiver positions due to a broadband (2-50 kHz) point
source (monopole) at Rgg =150 m from the closest receiver together with a forward scattered signal
(X30) from an “unknown” target position (100 m from the source). For the latter we use a TS given
by 10 log 6°(0°)=10 log 7*(a?/\)? [the leading term in Eq. (2) for the 0° source case] since 0° is
the aspect with the lowest forward scattered level, and we take a that for the 5 in. rocket. The scat-
tering angle dependence (the forward lobe structure) associated with the physical optics area term
above is assumed to be that for the far-field diffraction from an aperture of radius « leading to a TS
(k, 6) given by

TS(k, 6) = 10 log[a*/4(ka)*(sin*(ka sin 6))/(ka sin 6)*], (4)

where the frequency can be made explicit using k=2 7f/ C with C the sound speed. We note that
the associated scattered pressure we used has an exp(j7r/2) phase term [see Eq. (2)]. We have also
added —30 dB of random Gaussian noise and a random phase term exp(j27fC 'AR(i)) to the ith
receiver signal with 0 < 277fC ' AR(i) = 4 X 10~ X f'to simulate random deviations (up to 0.1 m) of
the AUV path from a straight line.

As can be seen in Fig. 3(b), the source and target scattering signals map into two
hyperbolas weakly modulated by the random phase term and noise since both free space Green’s
functions are of the form R™! exp(j27fC'R). Our proposed technique is as follows. (1) There is
an angular region (here beyond ~+20° from forward) with no overlap of source and echo time
signals, and here the forward scattered component is directly accessible. (2) In the overlap region, we
would like to subtract the “known” source signal at each receiver from the total signal using the
appropriate Green’s function leaving the desired scattered pressure. However, the source signal is not
known precisely due to the unknown random deviations of the AUV [the AR(i)] from a straight line.
We can, however, estimate each receiver position deviation by finding the local minimum for the
difference between the received signal (the sum of the source, scattered, and noise signals) and an
estimate of the source signal based on the known Green’s function. Good estimates of the receiver
deviations are so obtained because the source signal is much stronger than the other components of
the received signal.

Carrying out this procedure on the data in Fig. 3(b) produces the TS frequency/angle
map shown in Fig. 3(d) compared to that given directly by Eq. (4) in Fig. 3(c), both with the
added noise. Apart from the obvious artifact (the vertical line structure), the process recovers
TS (f, 6). The line structure corresponds to loci of receiver positions and frequencies where the
path difference Rgr+ Rrtr —Rsg =7/ 2, which when added to the 77/2 in the TS phase term [see Eq.
(2)] leaves the echo with no quadrature component, i.e., 7 out of phase with the source signal. As a
consequence, our simple fitting procedure for determining the AR incorrectly eliminates the scat-
tered signal at these particular (f, 6) points. Although not shown here, the extracted results and Eq.
(4) at exactly 180° agree very well (0.3 dB) over the entire band.

5. Concluding remarks

Bistatic scattering measurements at vertical angles well below the critical angle made ona 5 in.
diameter UXO in the free-field, proud, and half buried in sediment indicate that for these con-
ditions exploitation of forward scattering may provide a detectable signal with levels higher
than that for backscattering and one that persists under partial burial. We illustrate for a point
source in an infinite medium a technique that might be employed in a relatively simple environ-
ment to extract the forward scattered component from the much stronger incident field. Work is
underway to develop more sophisticated approaches and to demonstrate them in more complex
environments.
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Masking with interaurally “double-delayed”
stimuli: The range of internal delays in the
human brain
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Abstract: Is binaural processing in humans different to that of other mam-
mals? While psychophysical data suggest that the range of internal delays
necessary for processing interaural time differences is at least £3 ms, physi-
ological data from small mammals indicate a more limited range. This study
demonstrates that binaural detection is impeded by reduced interaural coher-
ence in auditory channels remote from the signal frequency, in accordance
with the wider critical bandwidths reported for binaural processing. This ex-
plains previous psychophysical data without requiring long internal delays.
The current psychophysical data support the view that human binaural pro-
cessing is similar to that of other mammals.
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PACS numbers: 43.66.Pn, 43.66.Dc, 43.66.Ba [QJF]
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1. Introduction

To account for human sensitivity to interaural time differences (ITDs), Jeffress' envisaged an
array of binaural coincidence detectors, each maximally activated only when the “external”
interaural delay was compensated by an equal and opposite “internal” interaural delay (arising
from a difference in the axonal conduction delay from each ear). Although physiological inves-
tigations confirm the existence of neurons that respond as such binaural coincidence detectors,
the range of the compensatory internal delays is open to question. In particular, electrophysi-
ological recordings in a range of mammalian species suggest the existence of a “7r-limit,” with
no binaural coincidence detectors tuned to ITDs longer than half a period (relative to the center
frequency of the auditory channel under consideration).” This has been difficult to reconcile
with psychophysical studies purporting to show evidence of internal delays of at least several
times this magnitude. Consequently, the extent to which the 7r-limit might be extrapolated to the
human brain is unclear. van der Heijden and Trahiotis® addressed the question of the existence
of long internal delays in humans, by employing a binaural detection paradigm in which they
measured the detection threshold for a diotic tone that was masked by a “double-delayed” noise
(DDN). DDN is the sum of two independent binaural noises with ITD of equal magnitude but
opposite sign. In contrast, a “single-delayed” noise (SDN) is generated by only one such noise
source with either positive or negative ITD—a masker that is routinely employed in measure-
ments of binaural-masking-level-difference (BMLD). Figures 1(a) and 1(b) show cross-
correlograms of SDN and DDN stimuli. Since DDN is the sum of two SDN sources, the nor-
malized cross-correlogram for the DDN is the average of those of its two SDN components.
This is illustrated in Fig. 1(c) for the freguency channel containing the target tone (500 Hz). The
data of van der Heijden and Trahiotis™ [a sub-set of which is reproduced here in Fig. 1(d)]
showed that thresholds for SDN maskers were lower than for DDN maskers. Their model simu-
lations suggested that internal delays as large as 3 ms must exist, and are employed under the
SDN masker conditions to profit from the deeper modulation in this region of the cross-
correlation function [Fig. 1(c)].

The lack of physiological evidence for such large internal-delay magnitudes calls for
alternative explanations for van der Heijden and Trahiotis’ data.® For the 500-Hz target em-
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Fig. 1. Rescaled cross-correlograms for SDN (a) and DDN (b) maskers with ITD of 3 ms magnitude. Their
cross-correlation values are computed using Eq. (1) (here with 7=7{-4 ms,...,4 ms}), and are rescaled to express
normalized neural activation: The activity of a neural coincidence detector is one (white), when the signals arriving
from the left and right ears are fully correlated, and zero (black), when the arriving signals have a correlation of —1.
The frequency channels of the target tone (500 Hz) are indicated by horizontal lines. Solid triangles and open
triangles in (b) mark examples of frequency channels of zero and high IACs, respectively. (c) Normalized activation
within the target-tone channel to SDN and DDN. The physiologically observed range of internal delays is shown
gray (ar-limit). (d) Detection thresholds for a diotic 500-Hz tone with SDN (solid squares) and DDN (open dia-
monds) maskers obtained by van der Heijden and Trahiotis (Ref. 3). Thresholds predicted by our across-frequency
convergence model are plotted as solid (SDN) and dotted (DDN) lines.

ployed, the 7-limit is £1 ms and the regions of deeper modulation that presumably lowered
thresholds for the SDN maskers fall outside this range of internal delays [gray area in Fig. 1(c)].
However, while the 7-limited cross-correlation functions to DDN and SDN are almost identical
within the target-frequency channel, large differences are apparent across frequency bands
[Figs. 1(a) and 1(b)]. For SDN, the cross-correlogram is strongly modulated over the whole
frequency range, indicating high interaural coherence (IAC) (the maximum cross-correlation
within a frequency channel) across frequency. For DDN, however, the modulation is only pro-
nounced in certain frequency bands. Frequency bands alternate between high IAC (e.g., at 333,
500, and 667 Hz) and zero IAC (e.g., at 417 and 583 Hz). Here, we demonstrate that these
differences in the modulation of off-frequency channels provide an alternative explanation for
the observed threshold differences between the two masking conditions; an explanation that
does not require long, physiologically unrealistic, internal delays.

2. Psychophysical experiment

To investigate the influence of IAC in off-frequency channels on binaural detection, we mea-
sured masked tone thresholds in either DDN or SDN, each flanked by noise bands of different
interaural configurations (similar to the paradigm applied by Sondhi and Guttman4). The addi-
tion of the flanking bands modifies the IAC in channels tuned to frequencies around the transi-
tions between inner and flanking bands. We predict that detection of the target tone will be
impaired by these flanking bands in a manner that depends on the IAC at these transitions and
the proximity of these transitions to the target-frequency.

The interaural timing configurations of the four masker types employed in our experi-
ment are illustrated in Fig. 2(a). The three frequency bands (one inner band and two flanking
bands) had equal power density (45.5 dB sound pressure spectrum level), and spanned the total
range 50-950 Hz. The inner band, consisting of either SDN or DDN with an ITD magnitude of
1 ms (0.5 cycles at 500 Hz), was positioned symmetrically around the frequency of the target
tone (500 Hz). The upper and lower flanking bands were unilaterally phase delayed such that
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Fig. 2. (a) Long-term average spectra of the four masker configurations: N,ops1 ms—00o N_o0o/1 ms+90°s
N.007/+1 ms—00% and N_gge/=1 me+o0e (left to right column). Labels inside the sub-bands denote their interaural timing
configurations. Below each spectrum, in panel (b), are rescaled cross-correlograms of each of these maskers with
400-Hz (upper row) and 200-Hz (lower row) inner bandwidths. In accordance with the 7r-limit, the range of
internal-delay differences (7) is limited to =0.5 cycles and expressed in phase. The rescaled cross-correlation values
are computed using Eq. (1) (for rescaling, see caption of Fig. 1). (c) Average detection threshold as a function of the
width of the inner band for the four masker types (see legend). Error bars indicate across-listeners standard errors. (d)
Thresholds predicted by our across-frequency convergence model.

each band had an interaural phase delay (IPD) of 90°, but of opposite sign to the other. This
produced a total of four masker configurations: N 9go/41 ms/-90°> N-909/+1 ms/+90° N+90°/41 ms/—90°
and N_gge/1 me900- The masker noises were generated in the frequency domain from spectral com-
ponents with 1-Hz-spacing and Rayleigh-distributed amplitude. The phases of the spectral compo-
nents of the left ear stimulus were uniformly distributed, and the right ear phases were assigned
relative to the left ear phases to produce the spectrum of 1TDs illustrated in Fig. 2(a). For maskers
containing DDN, two independent SDNs of half power were added: one with +1 ms ITD and one
with —1 ms ITD. After inverse Fourier transformation, the 1-s long masker was truncated to 300 ms
(including 10-ms cosine ramps).
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As in the study by Sondhi and Guttman,” pure-tone thresholds were measured as a
function of the width of the inner masker band (0, 50, 100, 200, 400, 600, and 900 Hz). A
two-interval, two-alternative forced-choice task was employed with an inter-stimulus interval
of 300 ms. For each stimulus interval, a new masker noise was generated. A diotic target tone
(500 Hz, 280-ms long including 10-ms cosine ramps) was computed in the time domain and
added (temporally centered) to the masker in one of the two intervals (chosen randomly on each
trial with equal probability). This trial sequence was then converted to electric analog signals by
a 16-bit soundcard (22 050 Hz sampling rate), and presented acoustically via earphones
(Beyerdynamic DT 48A with supra-aural cushions). The subject was directed to identify the
interval that contained the target tone. Correct-answer feedback was given after each response.
The target-tone level, initially set well above the expected thresholds, was varied adaptively
using a “3down-1lup” procedure to estimate the 79.4% correct threshold. The initial step size of
the adaptive track was 4 dB, and was reduced to 2 dB and then to 1 dB following two reversals
at each of the former step sizes. A track was terminated after 12 reversals using 1-dB steps, and
the threshold for that track calculated as the average target-tone level at the last ten reversals.

Four subjects (aged 20-33; trained until threshold stabilized) were tested under all
masker conditions plus one diotic condition. Each subject was tested four times, and each time
all conditions were tested in a different random order. The median formed the subject’s thresh-
old. Figure 2(c) shows the average thresholds across all subjects. For all four masker types, the
thresholds increase as the flanking bands close in on the target-frequency. Under the
N_g0e/+1 ms/+90° masker conditions, the threshold clearly increased when the flanking bands were
still 200 Hz from the target (i.e., with inner bandwidth of 400 Hz). In contrast, for the DDN and the
Ni90o/+1 ms/—90° conditions, thresholds did not increase until the flanking bands were approximately
100 Hz from the target. Although SDN maskers with large inner bandwidths (>400 Hz) produced
lower thresholds than the DDN maskers, this advantage was not so clear for maskers with lower
inner bandwidths, especially with the SDN masker, N_gpe/; 1 ms/+90°-

The data can be understood by examining the cross-correlograms in Fig. 2(b). Within
frequency channels, where spectral components from neighboring bands with different interau-
ral timings merge, the IAC and consequently the modulation in activation (along the
7-dimension) are reduced. In the case of the N, ggo/1 ms—90 masker, the IPD difference between
bands at the transition remained small such that, for an inner bandwidth of 400 Hz, IAC in the
transition channels was hardly reduced and detection threshold remained low. In contrast, for the
N_90°/+1 ms/-+90° configuration with 400-Hz inner bandwidth, the difference in IPD was almost 180°,
leading to near zero IAC at both transitions, and presumably causing the substantial threshold in-
crease. Thus, reduced IAC appears detrimental to binaural detection, even outside the target’s fre-
quency channel (which has a critical bandwidth of just 78 Hz).5

Of particular interest are the DDN maskers N gge/s; ms/—90°c @0d N_ggo/s1 ms/+90e- Due to
the symmetry of DDN around zero IPD, these two masker types produced almost identical results.
DDN has inherently low IAC at certain frequencies outside the target channel [Fig. 1(b)]. As long as
the flanking noise did not enter the frequency channels of high IAC in the proximity of the target, its
addition had little effect on the already elevated thresholds produced by the DDN masker alone.
Thus, we suggest that the elevated thresholds observed under DDN masker conditions, in both our
data and those of van der Heijden and Trahiotis,’ are the result of the off-frequency bands of low IAC
inherent in the DDN masker.

3. The frequency convergence model

To demonstrate how IAC in the off-frequency channels can quantitatively account for both our
data and those of van der Heijden and Trahiotis,” we introduce a simple phenomenological
model based on binaural cross-correlation followed by across-frequency convergence. The ac-
tivation of the binaural coincidence detector neurons is modeled by a rescaled cross-
correlogram using 81 frequency channels (7,={100,110,...,900 Hz}) with 201 internal-delay
channels per frequency channel. The range of internal delays was restricted to the 7-limit as sug-
gested by physiological data (7={-0.5/f,,...,0.5/f.}).

EL180 J. Acoust. Soc. Am. 126 (6), December 2009 T. Marquardt and D. McAlpine: Internal-delay range in humans



T. Marquardt and D. McAlpine: JASA Express Letters [DOI: 10.1121/1.3253689] Published Online 4 November 2009

2 kHz

cC(fn= 2 Hsf(f)HAFz(fc,f){ nécos[IPDsm —2m7f]+ %} (1)

f=1 Hz

The computation of the cross-correlation function within a frequency channel /. in Eq. (1) is
based on the sum of sinusoidal cross-correlation functions of individual spectral components,
which are power-weighted by the square of the cochlear filter shape (Hap). (The cross-
correlation function is the inverse Fourier transform of the cross-power spectrum.) Although white
noise spectra, and consequently cross-correlograms, vary from one stimulus sample to the next, the
long-term average of their magnitude spectra is “flat.” Therefore, we defined the masker magnitude
spectrum in our model as Hy(50—950 Hz)=1, so that the activity of a neural coincidence detector,
CC(f.., 7), constitutes a long-term average, and is normalized such that its activity is one, when the
signals arriving from the left and right ears are fully correlated, and zero, when the arriving signals
have a correlation of —1 (for =1). The parameter 7 modeled the effect of internal noise in the
(monaural) auditory periphery, which reduces IAC and, consequently, the modulation of the cross-
correlation function (for <<1). Hr had the shape of a fourth-order gammatone filter with unit
power transmission, and equivalent rectangular bandwidth (ERB) as estimated monaurally.5
IPD(f) describes the frequency dependence of the stimulus IPD. Input spectra were specified with
1-Hz frequency resolution.

Rescaled cross-correlograms were calculated separately for the signal alone (CCyjigpa))
and the noise alone (CC,;). Element-wise division of CCggny by CCpise produces the local
signal-to-noise ratio (SNR) at each coincidence-detecting neuron. In each frequency channel f,., the
neuron with the maximum SNR was then identified [ 7,,,,(f2)]. The activations of these neurons are
then summed across frequency channels in a weighted manner, before the global SNR was calcu-
lated [Eq. (2)]. This ensured that also activations beyond the target-frequency channel influenced
signal detection (“across-frequency convergence”).

2/’(‘ w(fc)ccsignal[fca Tmax(fc)]
Efc w(fc)ccnoise[fm Tmax(fc)] -

SNRglobal = (2)

The SNRyjopa1 [Eq. (2)], calculated for a diotic stimulus condition, normalized by the SNRy;qpq1
calculated for the diotic stimulus, gives the BMLD estimate of our model. (Because the model pre-
dicts only BMLD, note that simulated masked thresholds, as plotted in the figures, are the BMLD
relative to the experimental masked threshold for the diotic condition.)

The impact of IAC in off-frequency channels on the BMLD can be easily understood
when considering that signal activation in these channels is almost negligible. Therefore,
Tmax(/2) 18, here, essentially the internal delay producing the lowest masker activation. Because the
cross-correlation function in frequency channels with lower IAC is less modulated, the activation
minimum at 7,,,,, (f..) and, consequently, the noise contribution to the global SNR from such channels
are larger compared to an off-frequency frequency channel with a higher IAC.

The only free parameters of our model are the spectral weighting function w(f,) and
the internal noise parameter 7, which were manually adjusted to produce the closest agreement
between the model and our data. Figure 2(d) shows the threshold functions predicted by our
model. They were obtained using 7=0.93, and a two-box weighting comprised of a low-weight
convergence over a range larger than 3 ERB [w(220 Hz<f, <780 Hz)=0.02], and a higher-
weight convergence within approximately 1 ERB of the target channel [w(410 Hz<f,
<590 Hz)=0.3, (500 Hz)=1]. We felt that this simple two-box description illustrates best the
dual character of the across-frequency convergence. It reproduces the features of our psychophysical
results surprisingly well. Attempts to use more sophisticated weighting functions did not yield sig-
nificantly better fits.

Our model (with unaltered parameters) also provides a reasonable account of the data
of van der Heijden and Trahiotis® [Fig. 1(d)], in that it captures the general shape of the func-
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tions, e.g., the wider troughs with SDN maskers and, most importantly, the higher thresholds
with DDN maskers. It falls short, however, in two aspects: First, our model predicts slightly
stronger damplng of the oscillations than the psychophysical data of van der Heijden and
Trahiotis,’ although we ameliorated this side-effect of across-frequency convergence largely by
introducing it after, rather than before, the stage of binaural cross-correlation. Note that the
latter would be equivalent to a simple widening of the 500-Hz target channel. Such a 7r-limited
model cannot reproduce the BMLD difference between SDN and DDN at 1 and 3 ms ITDs,
because the best internal delay 7,,,, is then zero, where SDN and DDN produce identical cross-
correlation values [see Fig. 1(c)]. Second, our binaural model does not reduce the impact of off-
frequency channels near diotic conditions (around 0, 2, and 4 ms masker ITDs), when the critical
bandwidth is expected to decrease to that found for monaural hstemng Since our purely binaural
model does not incorporate a monaural detector path, those simulated thresholds are somewhat el-
evated.

The model of van der Heijden and Tralhiotis,3 on the other hand, cannot account for our
data since it only considers the target-frequency channel, having a 3-dB-bandwidth of just 90
Hz. The long internal delays proposed in their model will always provide an advantage under
SDN masker conditions (as long as the flanking noise is outside the target-frequency channel).
Our experiment, however, showed similar thresholds for SDN and DDN masker conditions
(N_90°/+1 ms-+90° a1d N_ggo/21 ms/-+90), €ven when the inner bands were as wide as 400 Hz.

4. Conclusion

Our findings suggest that binaural detection is influenced by IAC outside the target-frequency
channel, which i is in line with the phenomenon of wider binaural, compared to monaural, criti-
cal bandwidths.* Convergence of binaural neurons across different frequency bands has been
observed physmloglcally, although the questions remain as to how exactly this is implemented,
and what function it might serve. Additionally, our findings provide an explanat10n for the ob-
served difference in thresholds for DDN and SDN maskers that does not require long internal
delays. Together with a recent functional imaging study, our data further support the view that
the human binaural system is similar to that of other mammals.

Acknowledgments

Data were collected during a Bogue Visiting Fellowship to TM at Dalhousie University (NS,
Canada), hosted by Dennis Phillips and Susan Boehnke. We thank her and Isabel Dean for
critical reading of the manuscript, and John Agapiou for many helpful suggestions.

References and links

'L. A. Jeffress, “A place theory of sound localization,” J. Comp. Physiol. Psychol. 41, 35-49 (1948).

2p. X. Joris and T. C. T. Yin, “A matter of time: Interaural delays in binaural processing,” Trends Neurosci. 30,
70-78 (2007).

M. van der Heijden and C. Trahiotis, “Masking with interaurally delayed stimuli: The use of ‘internal’ delays in
binaural detection,” J. Acoust. Soc. Am. 105, 388-399 (1999).

“M. M. Sondhi and N. Guttman, “Width of the spectrum effective in the binaural release of masking,” J. Acoust.
Soc. Am. 40, 600-606 (1966).

*B. G. Glasberg and B. C. I. Moore, “Derivation of auditory filter shapes from notched-noise data,” Hear. Res.
47, 103-138 (1990).

°D. McAlpine, D. Jiang, T. M. Shackleton, and A. R. Palmer, “Convergent input from brainstem coincidence
detectors onto delay-sensitive neurons in the inferior colliculus,” J. Neurosci. 18, 6026-6039 (1998).

’S. K. Thompson, K. von Kriegstein, A. Deane-Pratt, T. Marquardt, R. Deichmann, T. D. Griffiths, and D.
McAlpine, “Representation of interaural time delay in the human auditory midbrain,” Nat. Neurosci.

9, 10961098 (2006).

EL182 J. Acoust. Soc. Am. 126 (6), December 2009 T. Marquardt and D. McAlpine: Internal-delay range in humans



Oleg A. Godin: JASA Express Letters [DOI: 10.1121/1.3258064] Published Online 4 November 2009

Accuracy of the deterministic travel time
retrieval from cross-correlations of
non-diffuse ambient noise®

Oleg A. Godin
CIRES, University of Colorado, and NOAA/Earth System Research Laboratory, DSRC,
Mail Code R/PSD, 325 Broadway, Boulder, Colorado 80305-3328
oleg.godin@noaa.gov

Abstract: Measurements of long-range cross-correlations of ambient
noise underlie acoustic noise interferometry, a promising technique for pas-
sive remote sensing of the environment. Previously established simple, exact
relations between deterministic Green’s functions and the cross-correlation
function of perfectly diffuse noise do not necessarily hold for noise fields in
the ocean and atmosphere. Here, the method of a stationary phase is applied
to study the information content of the cross-correlation function of non-
diffuse noise and to quantify the accuracy of passive measurements of the
acoustic travel times.

© 2009 Acoustical Society of America
PACS numbers: 43.30.Pc, 43.20.Bi, 43.30.Nb, 43.60.Rw [AN]
Date Received: August 21, 2009 Date Accepted: October 6, 2009

1. Introduction

A two-point correlation function of a perfectly diffuse noise field contains all the information
about the environment that can be obtained using transceivers placed at the two points.H The
emergence of exact deterministic Green’s functions (GFs) from diffuse noise has been demon-
strated theoretically*' and in laboratory experiments™ for fluid, solid, and fluid-solid systems,
including moving media (see also Refs. 3 and 11). Existence of a simple, algebraic relationship
between deterministic GFs and the cross-correlation function of perfectly diffuse noise is fas-
cinating and thought-provoking; it provides deep physical insights into the nature of random
wave fields. However, these results cannot be directly applied to passive remote sensing of the
environment as long as neither seismic noise nor ambient acoustic noise in the ocean and atmo-
sphere is perfectly diffuse, except at very high frequencies where noise of thermal origin>®'%'?
dominates.

Asymptotic techniques allow one to relate parameters of the noise cross-correlation
function and the deterministic GFs without making the assumption that the noise is perfectly
diffuse. The first approximation of the stationary phase method"® was used by Snieder,'*!” Sa-
bra ef al.,'® Godin,* Brooks and Gerstoft,'” and Garnier and Papanicolaou18 to study long-range
correlations of high-frequency waves generated by distributions of random sources, the density
of which is either constant or slowly varying in space. It was found that in inhomogeneous,
moving or motionless media, deterministic eikonals (or travel times) along all eigenrays con-
necting any two points can be retrieved from the cross-correlation function of noise measured at
the two points.4 However, it remains an open question: what accuracy of deterministic travel
time retrieval and, hence, of sound speed and flow velocity inversions, can be achieved with
passive measurements. To address this question it is natural to analyze higher-order terms in the
asymptotic expansion of the noise cross-correlation function obtained by the stationary phase
method.

“Parts of this work have been previously reported at the 157th ASA Meeting (Portland, OR, May 2009) and the 12th
L. M. Brekhovskikh Conference on Ocean Acoustics (Moscow, Russia, June 2009).
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In this paper, we consider high-frequency sound fields in moving and motionless fluids
generated by random sources distributed on a curve or on a surface. We use the method devel-
oped in Ref. 4 to determine what environmental information can be extracted from the noise
cross-correlation without having detailed knowledge about the noise field sources and proper-
ties and, in particular, to quantify the impact of non-uniformity of the spatial distribution of
noise sources on the accuracy of passive measurements of acoustic travel times.

2. Cross-correlation function of noise

Consider acoustic waves in an inhomogeneous moving fluid with sound speed ¢(x), mass den-
sity p(x), and flow velocity u(x). As in Refs. 4 and 10, define the GF in the time domain,
G(x,y,1), as the acoustic pressure p at x due to a point source of volume velocity with density
B(x,1)=8(x—y) &' (f), where & is the delta function and 7 is time. The frequency spectrum
G(x,y,w) of the time-domain GF G(x,y,?) has the meaning of the continuous wave (cw)
Green’s function. Time dependence exp(—iwt) of cw fields is assumed and suppressed. The GF

G(x, y, ®) in a medium with reversed flow, i.e., with parameters ¢(x), p(x), and —u(x), is generally
different from the GF G(x,y, w) in the original medium, but a simple, reciprocity-type symmetry

relation'? holds: G(x,y,w)= @(y ,X,w). At high frequencies, when the ray approximation becomes
applicable,

G(x,y,0) = > 4,(x,y, 0)expliog,(x.y)], 4,xy.0)=A40xy) + 4Py + ..., (1)
w
n

where 4, and ¢, are, respectively, slowly varying complex amphtudes and rapidly varying,
real- valued eikonals of individual ray components of the field."® The number of summands in
the right-hand side of Eq. (1) depends on the environment and possibly on the source and re-
ceiver positions.

Let an acoustic field be generated by random, delta-correlated cw sources of volume
velocity with density B:

(B(x))=0, (B(x)B"(x)) = O(x1) 3s(x; — X). )

Here and below, the asterisk and angular brackets designate complex conjugation and the
average over the statistical ensemble of random sources. The sources are located either on a
curve x=X(s), where s is the arc length of the curve, or on a surface x=Y (&, &%), where
&2 are curvilinear coordinates on the surface. For sources on a curve xj X(s)), j=1,2
and &s(x;—x,) = 8(s;—s,), while for sources on a surface x;= Y(§(1) ? ) and 8s(X[—X,)
= 5(§< 521))5(5(2) §(2)) in Eq. (2). Acoustic pressure generated by the random sources has

zero mean: (p(x))=0, while its cross-correlation function equals™'

C(x1,xy) = (p(x))p"(xy)) = wzf O(y)G(x1,y, )G (x,,y, 0)dS, (3)
N

where dS=ds, y=X(s) and dS=d&Vd&?, y=Y (&1, £?) for the sources located on a curve and
on a surface, respectively.

3. Two-dimensional (2D) problem

Let the curve x=X(s), where sound sources are located, be the boundary J€) of a finite domain
Q) on the plane x;=0 and all receivers be located in the same plane either inside or outside ().
Physically, this 2D problem represents random fields due to an interface wave or an adiabatic
normal mode in a horizontally inhomogeneous waveguide.

From Egs. (1) and (3), we have
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C(xlsxz) = (,0722 f Q(Y)An(xle>w)A;(Xzyysw)eXp[iw‘Pn(Xl,Y) - inDm(xb Y)]dS (4)
S

n,m

The integrand in Eq. (4) contains a rapidly oscillating exponential, and high-frequency
asymptotic expansion of the integral is dominated by contributions of the stationary points of
the exponent. 3 By taking into account that only one ray can pass through a given point in a
given direction, it can be demonstrated that only diagonal terms (n=m) in the ray sum in the
right-hand side of Eq. (4) have stationary points. There is a one-to-one correspondence between
the stationary points on ¢} and the intersections between J{) and rays passing through both
receivers at x; and X,: every stationary point lies on an extension of a ray, which passes through
both x; and x,, in a direction opposite of the direction of sound propagation, and every inter-
section of d() and such a ray extension is a stationary point.

Consider a stationary point y, € dQ) of the n-th diagonal term in the sum in the right-
hand side of Eq. (4). For definiteness, let a ray leaving d€) at y, go first through x, and then
through x,. Applying the method of stationary phase13 to evaluate the integral in the right-hand
side of Eq. (4), after some algebra one finds the contribution of the stationary point to the noise
cross-correlation function C(x,X,):

C(n)(xlsXZ) = anA;(q())(XI’XZa w)exp[iw(ton(Xl:XZ) + lﬁn/w][l + 0(‘”72)]’

an:_pCQ/2Qn|y:ySs (5)

ﬁ B )i ) 5(@///)2 - F' " - q)(IV) +A;1)(X|,y)7AS,1)*(x2,y)
"oL2rer 24@7) 2R@7 8@ APy AP (0) ey,

CI)(S) = (Pn(xl:y) - ¢n(x29Y)a F(S) :AZO)(XI)y)AEO)*(XZJY)Q(y)a y= X(S) . (6)

Here, primes designate differentiation with respect to s, g,, is the normal to d€) component of the
vector (ch,+h,u)/c?h%, and h,=—de,(x;,y)/dy. Calculation of the leading-order term in the
asymptotic expansion (5) in the inverse powers of frequency is discussed in Ref. 4. Equation (6)
for the first-order correction follows from Egs. (A.1.9) and (A.1.12) in Ref. 13.

The component C”(x,,x,) (5) of the noise cross-correlation function has the same
eikonal as the n-th term in the sum (1) for the deterministic GF G(x,,X,, ) and differs from the
latter by the additional factor

¥, = a, explio '[B,— AV (x),x)/ AV (x 1, x) }[1 + O(w )] (7)

The shading «,, (5) of the amplitudes of ray arrivals is determined by variations in the source
density as well as by environmental parameters in the vicinity of d{). The values that «, (5)
takes at different n can vary significantly. On the other hand, phase differences are proportional
to w ™! and are small for high-frequency waves. We emphasize that possible O(1) phase shifts in
individual ray components of the deterministic GF, which occur when the ray touches a
caustic,” are contained in Aflo)(xl ,X,) and, according to Egs. (5) and (7), are reproduced faith-
fully by the noise cross-correlation function.

Quite similar to the derivation of Egs. (5)—(7) outlined above, one can show that the
sum of contributions of the stationary points on €2, for which the corresponding rays go first
through x; and then through x,, approximates G*(x,,x,, w):é*(xl ,X,, ). Consequently, the
noise cross-correlation function C(x,,X,) approximates G(X,,X,, ®)+G*(X,,X,, w).

4. Three-dimensional problem

Let sound sources be distributed on a surface x=Y (&, £?), which coincides with the bound-
ary () of a finite volume (), and all receivers be located either inside or outside (). As in the 2D
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problem, the high-frequency asymptotics of the surface integral in Eq. (4) for the noise cross-
correlation function are determined by contributions of the vicinities of stationary points of the
rapidly oscillating exponential in the integrand. Physically, the stationary points on d{) are
origination points of the rays which go through both receivers.* Application of the two-
dimensional stationary phase method"*# again leads to Egs. (5) and (7), where now
ALE Ly Lt Yotiod
B, 7 2L o FM[F,L(I)]+ 12L MV W]+ 3M[L(I),L(I>]+

Ail)(xlny)
Al(’tO)(xlﬂy)

_ Afal)*(XZ:Y)

o . F(ED,€9) = 40 (x, 1) A" (x,,y) O(y),
An (X2’y) Y=Y,

D(ED, D) = 0,(x1,y) — @u(x2,y), y=Y(ED, &), y,=Y(ED, &),

2
W(ED,62) = (D, 82) = X PD/oE) 9 &Py (V- EN(EP - D). (®)

J.k=1

Differential operators Land M in Eq. (8) are defined as follows:

2 2
.1 FPF . of oF A -
LF==> Hy——~———, M[f,Fl= 2 Hy——=, {H}=| ——=
2= jkafm 9 &W kel jkﬁg(/)o"f(k) 7k &V 9 v vy,

)

Compared to the results of Ref. 4, Egs. (5) and (8) provide higher accuracy by calculating the
first-order correction in addition to the leading-order term of the high-frequency asymptotic
expansion of the noise cross-correlation function.

The first-order correction S, (8) depends on the derivatives (up to the fourth order) of
the eikonal, on diffraction corrections Ail) to the zero-order ray amplitudes Aio), and on the first-
and second-order derivatives of Aio) and the source density Q along d€). When the ray ampli-
tudes ALO) and Afll) or at least the quotients Al(qo)(xz,y) /Aflo)(x1 ,y) and Afll)(x,y) /Aflo)(x,y) are
real-valued, Im 3,=0, and 3, describes a correction to the phase only. Note that | 3,/ w| <1 as long
as the stationary phase method is applicable.13

In a gradually varying inhomogeneous fluid with m = |u|/c < 1, the representative spa-
tial scales of the ray amplitude A;O)(x,y) and acoustic wave vector k=wd@(x,y)/dx variation
are min(|x—y|,/) and A;l)(x,y) /Ailo)(x,y)=0(c0/min(|x—y ,1)), where ¢, is a representative
value of the sound speed and / is a representative spatial scale of p, ¢, and u inhomogeneities. Let b
be the representative spatial scale of the variation in the source density O along J{, and 7, , be the
representative travel times from the stationary point to receivers at X, ,. We assume that ¢, 7, , are
either of the same order of magnitude or large compared to |x,—x;|. Taking into account that the
function ® (8) and all its derivatives with respect to &' are zero when x, =x,, for the quantities H;
in Eq. (9) we have H ;= O(c37/1x,—x,|). Here 7=min(7y, 75,1/ ¢,). Using the definitions (9) of the
differential operators L and M to evaluate respective terms in the right-hand side of Eq. (8), we
obtain the following order-of-magnitude estimate [8,~ co(co7/b+1)?/|x,—x,|. If the phase of
C"™(x,,x,) (5) is used to measure the eikonal ¢, (X;,X,), the relative error is inversely proportional
to the square of wg,(X;,X,). When the source density varies slowly (b>>c,7) and |x,—x;| ~/, the
phase correction 3,/ w is rather small and generally is of the same order of magnitude as the differ-
ence between the eikonal and the phase of the GF G(x,,x,, w). In the case of faster varying Q or a
distant noise source, where ¢,7> b, the phase error is much larger and is inversely proportional to
b?%. An inspection of Eq. (6) shows that the above estimates and qualitative conclusions remain valid
in the 2D problem.
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Eikonal non-reciprocity |¢,(X,,X;)—¢,(x, ,x2)| ~mc,"[x,—x,| arises due to fluid mo-
tion and can be used to determine the flow Velocrcy.ls’1 In geophysical apphcatlons the flow
velocity is typically much smaller than the sound speed (m << 1), and precise measurements of
the eikonals are required to characterize the flow acoustically. Using the above estimates of the
phase correction 8,/  (8), we obtain the condition w|x,—x,|/co>m"?(1+cy7/b) under which
measurements of the noise cross-correlations can be used for the flow velocity tomography.

5. A simple example

To illustrate general results, consider an acoustic field in a homogeneous, quiescent (u=0) fluid
generated by random sound sources distributed on a plane x;=0. Receivers are located at points
X;=(X;1,%;2,X;3), j=1,2 in the half-space x3>0. Let x, 3>x, 5 for definiteness. We choose

Cartes1an coordlnates x; 5 to serve as coordinates &12) in the plane x;=0. In this problem, the
cw GF is"

G(x,y,w) = ipw’® exp(iklx —y|)/4mx—y|, k=wlc, (10)

and Eq. (3) for the noise cross-correlation function becomes

w?\? dy,d
C(x1.%) = (” ) f f expl ik(|x, —y| - y|>]%. (11)

In homogeneous, unbounded fluids, the sums over rays in Egs. (1) and (4) contain a single
summand, and higher-order ray amplitudes Ag), j=1,2,... equal zero.

The only stationary point of the exponent in the integrand in Eq. (11) is located at y;
=(x137x23) " (x; 37X, 3X). It lies at the intersection of the plane y;=0 with the straight line
through the receivers. Asymptotlc expansion of the 1ntegral in the right-hand side of Eq. (11)
can be obtained directly, usmg neither the reasonmg employed to evaluate the leading-order
term nor general expressmns % for the first-order correction; e. g., the double integral (11) can be
evaluated by applying well-known stationary phase results for single integrals13 to iterated in-
tegrals over y; and y,, leading to

c<xl,x2>—G*(x2,x1,w)pc|x‘—__x2|9(ys>exp[iﬂ(xl,xz)][1+0<%) . (2)
2(x15—x3) ® /|
where
_ x| { (et )( —x)- VO x13x23[AQ [(x,—x,) - VIO }
(x2’3—x1,3)2 b (23— x13)0 2 0 (ra3— xlS)Q y=yx-
(13)

When x, 3 <x1 3, G*(X,,X;, ) in Eq. (12) is replaced by G(x;,X,,w). In the example consid-
ered, the noise correlation function approximates only one term of the sum G(x;,x,,)
+G*(x,,X|, w) because the insonification is one-sided. An inspection shows that the results (12)
and (13) agree with the general equations (5), (7), and (8).

When noise cross-correlation is used to measure the phase of the deterministic GF
between points x; and X,, the phase error 8/ w (13) depends on the positions of the receivers and
on the first and second derivatives of the noise density Q at the stationary point y,. When x; 3
# X3, B (13) is always finite and can be zero at some points. Assuming that distances from x,
and X, to the plane x;=0 are not too close to each other [namely, that [x,—x,|/xy 53— 3]
=0(1)], a simple order-of-magnitude estimate B/ w ~ (k|x,—x;|) ™' (1+x 35 3/ b?) follows from
Eq. (13), where b is a representative spatial scale of the function Q variation. Hence, the relative
error of the passive phase measurement is inversely proportional to the squares of the wave
frequency and the distance between the receivers. The phase error becomes sensitive to the rate
of Q variation when b <x; 5. Then B is proportional to x, 3x; 3/ b? or the solid angle formed by a
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square with side b in the vicinity of y, as seen from the receivers. The fact that the phase
error increases when the receivers move further away from distant noise sources may be unex-
pected but is easy to understand. The vicinity (), of the stationary point y,, which provides
the main contribution to the integral in Eq. (11), 1s the region where the exponential in the
integrand deviates from its value at y, by 0(1) Spatial dimensions of € are d,~
[x13%03/ kX, —x 1[12 and increase with x; 3. Terms in the integrand, which are linear in y—ys,,
cancel out and do not contribute to the 1ntegral At large x; 3, the leading-order correction is
due to quadratic terms in the Taylor expansion of Q(y), Wthh are O(d>/b%)=0(x, 3%, 3/ k|x,
—x,|b?) in 4}, in agreement with the estimate of 8/ w obtained above from Eq. (13).

6. Discussion

Equations (5), (7), and (12) show that, unlike the amplitude information contained in the deter-
ministic GF G(x,,X,, w), the phase information or the travel times between x; and x, along
various eigenrays can be retrieved from the noise cross-correlation function without any de-
tailed knowledge about properties or location of the noise sources. Passive measurements of the
travel times require that the random source density varies gradually in space or, equivalently,
noise directivity in each point is a gradual function of direction.

We have quantified errors (6), (8), and (13) in the eikonal estimates retrieved from the
noise cross-correlation function. These errors stem from non-uniformity of the random sources
distribution or, in other words, from the noise field not being perfectly diffuse. Our results refer
to the eikonal estimates, which are obtained with sufficiently large noise averaging time. Addi-
tional errors may occur when the averaging time is not sufficient to ensure that time averages
approximate statistical mean values (see Ref. 11).

Our analysis relies on the second approximation of the stationary phase method. It
reveals the dependence of the phase (and, consequently, travel time) errors on the geometry of
the problem and the rate of var1at10n in the noise sources’ density. Under conditions of validity
of the stationary phase method, " the phase correction 3,/ w<<1. Estimates of 8,/ w can be used
to determine the feasibility of the passive measurements of acoustic travel times in a specific
setting. When the phase errors calculated using Eq. (6), Eq. (8), or Eq. (13) are of the order of
unity or larger, the stationary-point arguments do not apply. Then, peaks in the noise cross-
correlation function in the time domain do not necessarily correspond to the travel times be-
tween the receivers, and the noise cross-correlations cannot be used to characterize the environ-
ment without detailed knowledge of the noise sources.
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Abstract: Knowledge of sediment concentration is important in the study
of streams and rivers. The work presented explores using high frequency (20
MHz) acoustic signal attenuation to measure the concentration of fine sedi-
ment particles (0.2—5.0 um) in a fluvial environment. A small laboratory tank
with a pitch-catch transducer configuration measured a 35 dB change in signal
level over a wide range of kaolinite and bentonite concentrations (1-14 g/1) over
arange of distances (180-357 mm). The data suggest that a fixed distance of 180
mm between the transducers will be capable of measuring the entire range of
concentrations.
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1. Introduction

Suspended sedlments are a global-scale pollutant whose yield has been estimated at 20
X 10° tons/year. "In many streams the majority of sediment moves during flood events caused by
a few large storms per year. ? These flood events are unpredictable and frequently occur at night,
making the collection of physical sediment samples difficult and sometimes dangerous. Manual
techniques yield samples that are widely spaced in time, small in number, and flow intrusive. To
improve the spatial and temporal densities of suspended-sediment data, the continuing development
of automated measurement systems is essential. Ultrasonic measurement systems can detect par-
ticles with a high degree of both spatial and temporal resolutions, making them ideal for addressing
the needs of those who rely on sediment data>*

Acoustic technology has great potential for improving the current state of suspended-
sediment measurement technology, it can be relatively inexpensive, lends itself well to remote
deployment, and is non-intrusive.” Most acoustic systems have targeted sand sized particles
(62—2000 um) due to their heterogeneous distribution with depth However, a large portion of the
sediment load in a stream may be <62 um, a size range that is well-distributed throughout the
cross-section.®’ These fine sediment particle concentrations have been observed to be as high as
56% by weight.™”

This paper describes experiments aimed at the development of a device that will use
measurements of acoustic signal attenuation during propagation through water containing clay
particles to determine the particle concentration. Two clays, kaolinite and bentonite, were cho-
sen for several reasons. The mechanlcal failures in rocks and unconsolidated materials fre-
quently involve clay-rich hthologles % In the sea floor, clays represent 40%—80% of silicate
minerals in pelagic sediments. "' There is also a strong effect of kaohnlte content on the acoustic
properties in sedimentary rocks and unconsolidated mixtures.'>'* Bentonite at 0.2 xm and ka-
olinite at 5 um represent a wide range of clay particle sizes. These two clays are also readily avail-
able from commercial sources.

¥ Author to whom correspondence should be addressed.
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Fig. 1. Recirculation tank

Previous work on acoustic attenuation by fine particles focused on fixed pitch/catch
configuration distances. Greenwood et al."* measured ultrasonic attenuation in a kaolin-water
slurry (1 um particles) from 0—0.2 volume fraction and utilized a frequency range 0.5-3 MHz
at a fixed distance of approximately 0.1016 m. At each frequency, they found that attenuation
was a linear function of the volume fraction and had a linear dependence on frequency within
the 0.5-3 MHz range. To measure kaolinite/water suspensions in near 40% solid-volume, Green
and Esquivel—Sirvent10 used a bench-top 1 liter suspension chamber with two ultrasonic trans-
ducers (3.5 and 7 MHz) and a micrometer stage allowing adjustments in transmit/receive path
length. The effect of the increasing frequency produced only a moderate increase in attenuation
and a slight increase in the concentration of maximum absorption. The present work focuses on
suspended-sediment concentrations much smaller (1-14 g/1) than some of the aforementioned
studies. These lower concentrations, which encompass what one would find in ephemeral
streams,'> made it possible to neglect multiple scattering since the concentrations were on the
order of 10 g/l.15

2. Methods and equipment

Experimental data were collected in a recirculation tank at the National Center for Physical
Acoustics (NCPA) in collaboration with the USDA-ARS-National Sedimentation Laboratory.
A 110 gal (416.9 1) cylindrical tank was used to recirculate and suspend the fine sediment par-
ticles, as illustrated in Fig. 1. The dimensions of the tank were 126 cm long, 85 cm wide, and
51.5 cm deep. The water and fine sediment particles were recirculated using a Weg % hp 220V
centrifugal pump. The tank had extruded aluminum rails mounted on its top to allow three-
dimensional alignment of the transducers. A point gauge was mounted to the rails to verify that
the same water level was used during the measurements.

Two 20 MHz immersion transducers were used in a pitch-catch configuration to send
and receive acoustic signals. The transducers were placed 4.5 cm under the water surface and
separated by 2.8-36.0 cm in 2.54 cm increments. At each range setting, the transducers were
aligned by adjusting their position until the maximum signal amplitude was achieved, thus en-
suring that the active elements were aligned with one another. The data were collected and
averaged for 1000 bursts per range setting. Each experiment was repeated three times and the
results were averaged. Averagin§ was used to remove statistical variations due to the random
relative motion of the scatterers.™®

The acoustic data collection system consisted of off-the-shelf components for trans-
mitting and acquiring acoustic data. A custom written LABVIEW program was used to operate
the instruments. A Hewlett Packard 3314 A function generator transmitted the acoustic signal.
The signal was set to 10 V.., 100 cycles, with a 10 ms delay between bursts to allow the rever-
berant signal to completely dissipate. The signal was sent and received with NDT Systems IBHG202
20 MHz immersion transducers with a i in. (3 mm diameter) active element. The near-field length,
N, for these transducers is given as 136 mm and the halfangle beam width is 0.365°. Thus, we expect
to be well in the far field at a distance of 230 mm and to have no multipath effects from the surface.
The received acoustic signal was amplified by an Olympus 5682 500 KHz-25 MHz preamplifier,
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Fig. 2. Signal level (dBV) for kaolinite concentrations (1.4-13.6 g/1).

and then captured with a National Instruments two-channel, 8-bit, 1 GS/s per channel oscilloscope
card (NI PXI-PCI-5152).

Kaolinite and bentonite clays with concentrations of 1-14 g/l in tap water (70—72 °F)
were used in the experiments. The kaolinite particles had a particle diameter range 2—5 um. The
bentonite particles had a particle diameter of 0.2—1 xm. The kaolinite particles stayed well-
separated due to the recirculation pump, but the bentonite particles tended to flocculate. Therefore,
prior to adding the bentonite to the circulation tank, sodium hexametaphosphate, a deflocculant, was
added in a 1:100 ratio and allowed to completely dissolve.

Duplicate 1-1 pump samples were taken in pre-tared flasks at each concentration.
Samples of the fluid/sediment mixture were used to verify that a uniform distribution of par-
ticles in the tank was achieved. The physical samples were obtained using a vacuum pump
connected by a hose to a small bronze tube near the receive transducer. Concentrations were
determined by weighing each fluid/sediment sample, decanting the sample, and placing the
sediment into pre-tared pans that were oven dried at 60 °C for approximately 48 h. Then, the
flasks were re-weighed to obtain particle mass and sediment concentration.

3. Theoretical model

In the following expression, the received voltage, in the far field, as a function of range and
concentration is determined by both spherical spreading and absorption due to either pure water
or the water-sediment mixture.

VR
V= %e*““”o). (1)

The reference voltage, V,, is recorded at the reference position, R(. The reference data point
VoR, must be selected outside of the near-field of the transducer. The measured voltage, V,
corresponds to the position, R. The total sound attenuation coefficient, «, is a function of water
temperature and suspended-particle concentration. It should be noted that the purpose of this
work is not necessarily to determine the attenuation of the sediment from scattering theory,1
but rather to determine if the presence of suspended particles in concentrations that commonly
occur in streams will cause enough signal attenuation to be usable for field measurements.

EL192 J. Acoust. Soc. Am. 126 (6), December 2009 Carpenter et al.: Acoustic measurements of clay-size particles



Carpenter et al.: JASA Express Letters

[DOI: 10.1121/1.3258065]

Published Online 16 November 2009

Table 1. Kaolinite concentrations and calculated absorption coefficients.

Concentration Absorption
(g/) (Np/m)
1.4 11.2
2.8 13.7
5.6 19.6

4. Experimental findings

Figure 2 shows the results for signal loss in the range between 180 and 360 mm for both pure
water and kaolinite mixtures. The geometrical spreading curve shows the 6 dB loss per doubling
of distance (6 dB/DD) associated with simple spherical spreading while the data show the sig-
nificant contribution of attenuation to signal loss from both tap water and suspended-sediment
mixtures. For the purpose of prediction and evaluation of an absorption coefficient, the data at a
range of 230 mm were used as the start of the far field as the data closer than this show the
residual effect of the near field. The absorption coefficient for the water used in these experi-
ments was found to be 8.3 Np/m, which is comparable to the 8.7 Np/m one can calculate for
distilled water. Any discrepancy, perhaps due to specific water chemistry, would be present for
both the reference clear water and water-sediment mixtures both in the laboratory experiment
and ultimately field measurements. Absorption coefficients were estimated for concentrations
of kaolinite ranging from 1.4-5.6 g/l using a best fit to the data with Eq. (1) and are shown in
Table 1. Significant attenuation for the 13.6 g/l concentration was observed at 180 mm, but past
this range, the data fell into the noise and was unusable to estimate the absorption coefficient.
Figure 3 shows the signal level changes for bentonite with concentrations ranging
from 1.7-13.4 g/1. Figure 3 also shows the predicted signal levels for geometrical spreading and
absorption in clear and sediment laden water at pre-determined distances for data past 230 mm.
Similar to the kaolinite measurements, as the concentration increases, absorption increases and
the signal level decreases. However, the signal levels for the bentonite mixtures are higher and
the absorption is lower than in the kaolinite mixtures. Kaolinite particles are larger than bento-
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Fig. 3. Signal level (dB/V) for bentonite concentrations (1.7-13.4 g/l1) at pre-determined distances.
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Table 2. Bentonite concentrations and calculated absorption coefficients.

Concentration Absorption
(g (Np/m)
1.7 9.5
2.9 11.2
5.7 13.0
134 20.6

nite, and should be expected to scatter and attenuate more signal than a similar concentration of
bentonite particles. The calculated attenuations for the bentonite mixtures are shown in Table 2.

While we have performed calculations to investigate the attenuation beginning at 230
mm and beyond, the data at 180 mm have significance in that we are able to investigate the full
range of sediment concentrations considered. At distances greater than 180 mm, the attenuation
caused by high concentrations is greater than the dynamic range of our instrumentation and the
signal is lost in the noise. Conversely, at ranges closer than 180 mm (data not presented), it was
difficult to distinguish the attenuation of the lowest sediment concentrations from that of clear
water. Thus, Fig. 4 shows signal level data (relative to clear water) for various kaolinite and
bentonite concentrations at 180 mm. The signal level loss due to water attenuation (approxi-
mately 8 dBV) has been subtracted from these data to show the effect of increasing concentra-
tion. As indicated in the plot, an increase in suspended-sediment concentration resulted in a
corresponding decrease in signal level. An increase in particle size diameter (i.e., kaolinite
particles are larger than bentonite particles) also resulted in a decrease in signal level. The 20
MHz acoustic system was able to measure signal loss over the entire range of concentrations
considered at the 180 mm range.

The data in Fig. 4 could be used for the inverse problem of interest. That is, one could
use the signal level loss to calculate sediment concentration. However, the particle size will
either need to be known or estimated a priori. Furthermore, if the particle size has a wide
distribution, unlike the narrow range used here, interpolation between the results or expansion

Signal Level Difference (dBV re to
clear water)

Concentration (g/L)

< Kaolinite ® Bentonite ‘

Fig. 4. Signal level difference (dB/V) for increasing kaolinite and bentonite concentrations relative to clear water at
a distance of 180 mm.
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of the attenuation database to account for a greater range of sizes would be necessary. Alter-
nately, multiple frequencies or a combination of forward and backscatter data could be used to
simultaneously estimate particle size and concentration. These topics are part of ongoing re-
search and are not covered here.

5. Conclusion

The feasibility of measuring particle concentration using the attenuation of high frequency
acoustic waves traversing a suspension of fine particles in water was investigated in a series of
laboratory experiments. The data showed that as concentration increased, attenuation increased
and signal level decreased over a distance and using a frequency that are physically reasonable
for field measurements. The use of a 20 MHz pitch/catch transducer arrangement to measure
the concentration of 5 um particles, or smaller, suspended in water appears to be practical at a
range of distances from 180 to 357 mm. The tested concentration ranges were 1.4—13.6 g/ for
kaolinite and 1.7—13.4 g/l for bentonite. This work suggests that fixed distance measurements of
approximately 180 mm can be used to evaluate the broad range of concentrations expected in
the field.
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Abstract: A form of processed speech is described that is highly discrim-
inable in a closed-set identification format. The processing renders speech
into a set of sinusoidal pulses played synchronously across frequency. The
processing and results from several experiments are described. The number
and width of frequency analysis channels and tone-pulse duration were vari-
ables. In one condition, various proportions of the tones were randomly re-
moved. The processed speech was remarkably resilient to these manipula-
tions. This type of speech may be useful for examining multitalker listening
situations in which a high degree of stimulus control is required.
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1. Introduction

It has been demonstrated in a variety of ways that human speech is remarkably resilient and can
convey meaning even under conditions of extreme distortion. For example, early work on “in-
finitely” peak-clipped speech revealed that the speech retained a high degree of intelligibility
(e.g., Licklider and Pollack, 1948). It was also found that speech could be interrupted frequently
and yet still be understood (Miller and Licklider, 1950). Furthermore, it has long been known
that the information in speech is distributed across a wide range of frequencies and conveys
meaning through the variation over time within these different frequency channels. Limiting the
information to a subset of channels can provide some (highly predictable) degree of intelligi-
bility (e.g., French and Steinberg, 1947). More recently interest in the essential aspects of
speech has increased due to the development of cochlear implants. Shannon et al. (1995) de-
scribed a means for simulating cochlear implant processing and demonstrated that such speech
could be highly intelligible. In their procedure, the amplitude envelopes of several bands of
speech are extracted and used to modulate noiseband carriers limiting the speech cues primarily
to those conveyed by the envelopes. This type of “vocoded” speech has a long history (Dudley,
1939) and has been utilized and modified in various ways by many recent investigators (e.g.,
Dorman et al., 1997; Loizou et al., 1999; Arbogast et al., 2002; Qin and Oxenham, 2003; Yang
and Fu, 2005; Brungart et al., 2005; Nie et al., 2005; Poissant ef al., 2006; Throckmorton et al.,
2006; Stickney ef al., 2007; Whitmal et al., 2007; Souza and Rosen, 2009).

A method of representing speech is presented here which combines some features of
previous methods in addition to more severely quantizing the information. This speech is re-
ferred to as “pointillistic speech” because in the limit the speech signal is reduced to a time-
frequency matrix of points with each point (or “element”) consisting of a brief pulsed “pure”
tone represented by only two values (its frequency and amplitude). Using this technique, speech
identification results are reported providing a parametric examination of the effects of manipu-
lating variables in the processing (number of time elements, number of frequency analysis
channels, and proportion of resulting matrix removed).

2. Methods
2.1 The processing algorithm

The speech was filtered into 4, 8, or 16 contiguous frequency bands spaced logarithmically with
a total range of 267—10667 Hz. Within each analysis band, the Hilbert magnitude and phase were
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Fig. 1. A schematic illustration of the result of the processing in which the speech signal is replaced by a matrix of
tone bursts. In this example there were eight tones per time window that were each 20 ms.

computed yielding functions describing the variation in the amplitude envelopes and instantaneous
phases over time. The average values of the envelope and frequency were computed in each band for
discrete contiguous time windows of 10, 20, 40, and 80 ms. The envelope value was calculated by
squaring the mean of the absolute value of the Hilbert envelope and the frequency value was deter-
mined by taking the first time-derivative of the instantaneous phase function averaged over all posi-
tive frequencies. This yielded two numbers representing the stimulus at each time-frequency point.
Then, a 0°-phase sinusoid of that amplitude and frequency at the total duration of the time window
(including a 3-ms rise-decay) was created. The resulting sinusoidal elements were concatenated in
time and summed across frequency producing sets of temporally contiguous, non-overlapping, syn-
chronously gated tones. Figure 1 illustrates the result of this process for a single word under one of
the conditions (8 tones, 20 ms) used in Exp. 1. The resulting speech has some of the envelope and
fine structure information preserved, as in cochlear implant simulation (vocoded) speech (e.g., Nie
et al., 2005; Throckmorton et al., 2006; Stickney et al. 2007), combined with more quantized enve-
lope time segments (e.g., Loizou et al., 1999; Brungart et al., 2007; Li and Loizou, 2008).

2.2 Listeners

A total of 21 paid listeners (ages 19-31) participated in this study with 11 listeners participating
in Exp. 1, 6 listeners participating in Exp. 2, and 6 listeners participating in Exp. 3. Two of the
listeners participated in both Exps. 1 and 3 but none had participated in previous experiments in
this laboratory.

2.3 Stimuli

The speech was from a laboratory-designed monosyllabic corpus (Kidd ef al., 2008) consisting
of eight tokens from each of five categories: (subject) (verb) (number) {adjective) {object). In
most conditions, for each trial, five words (one from each category without replacement) from
one randomly chosen talker (of eight males and eight females) were concatenated in syntacti-
cally correct order. For one condition in Exp. 3, five of the entire 40 words were randomly
chosen and concatenated on each trial producing sequences that were very unlikely to be syn-
tactically correct.

2.4 Procedures

Listeners were seated in a sound-treated IAC chamber wearing Sennheiser HD280 Pro ear-
phones. Stimuli were presented diotically through Tucker-Davis Technologies hardware at
60 dB sound pressure level. Listeners were instructed to report all five keywords by clicking on a
response graphical user interface (GUI). The GUI had a button for each keyword organized in col-
umns according to the word categories and within each column sorted in alphabetical (or in the case
of numbers, numerical) order. Each keyword was scored individually and the listeners received no
feedback. In Exps. 1 and 2, each listener was tested in 12 conditions: 4 time windows by 3 number-
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Fig. 2. Group mean word identification from Exps. 1 and 2. Error bars are =1 standard deviation.

of-analysis-bands cases. All 12 conditions were presented three times in random order in each block
of five-word trials and each listener completed 12 blocks. In Exp. 1, the tones for every band, every
other band, or every third band of the 16-band case (starting with the lowest frequency) were used
yielding 6, 8, or 16 simultaneous tones in each time window. For Exp. 2, the 16-tone case was
identical and the 4- and 8-tone cases (in which the original analysis bands were wider) were also
tested. In Exp. 3, only one combination of time windows and number of tones was tested (16 tones,
10 ms), while the number of elements in the signal was manipulated by randomly removing various
proportions (0, 0.5, 0.66, 0.75, and 0.875) of the time-frequency bins representing the signal on a
per-word per-trial basis. All proportions were tested for both syntactically correct and random order
five-word utterances. Each block consisted of 15 trials for each of the five proportions in one of the
word order conditions. Eight blocks were completed by each listener. Each experiment lasted about
2 hours.

3. Results
3.1 Experiments 1 and 2: Effect of number of analysis bands and duration of time windows

The results of Exps. 1 and 2 are shown in Fig. 2. Pointillistic speech, at least as assessed in this
closed-set paradigm, is highly identifiable under certain combinations of stimulus parameters.
Predictably, for any time window, performance was best for the highest number of tones and
declined as that number decreased. Furthermore, for any given number of tones, performance
generally decreased as the tone duration increased beyond 20 ms. The highest group-mean scores
overall were obtained for the 16-tone signal at 10, 20, or 40 ms tone durations where the group mean
values obtained were approximately 95% correct or better. However, even for the conditions with
fewer tones, performance was better than 85% correct for the 10 ms duration. The poorest perfor-
mance was for the fewest tones and longest time segments which provided the coarsest representa-
tion. However, even in that condition listeners achieved about 55% correct identification when 6 of
the 16 analysis bands were included and almost 74% correct when the information was extracted
from four wide bands covering the entire range. The variability across listeners was generally rather
small but increased for the conditions under which performance was relatively poor. The 16-tone
case allows a comparison of the two groups of listeners. Overall the results are remarkably similar
with the 6 listeners in Exp. 2 performing slightly better than the 11 in Exp. 1 for the longest duration.
In general, performance is better when the information comes from a wider analysis band (Exp. 2)
than when narrow bands are used but some are excluded. In the left panel this is true even when the
wide band analysis is only four tones as compared to six tones from every third band in the original
set of 16.

3.2 Experiment 3: Effect of random removal of elements

The results are shown in Fig. 3 for the syntactically correct and random word order conditions.
Rather remarkably the speech was highly robust with respect to this type of distortion. When the
target words were presented in correct syntactic order, removing 2/3 of the elements only re-
duced identification performance to 92% correct. For comparison, the asterisks are results from
Exp. 1 for the 10-ms six-tone and eight-tone cases. These correspond to proportions removed of
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Fig. 3. Group mean word identification from Exp. 3. Error bars are *1 standard deviation.

0.625 and 0.5, respectively. As can be seen, performance is somewhat worse when the removed
elements are from fixed frequency regions across all time. For words in random order, the effect of
removing elements was greater, with mean performance of about 52% correct when only 1/3 of the
elements remain dropping to about 25% correct when only 1/8 of the elements remain. The differ-
ence between syntactic and random order doubtless reflects the advantage of appropriate contextual
order as well as some inherent differences in chance performance related to guessing or the ability to
match the distorted token to 1 of 8 versus 1 of 40 alternatives. There were also larger differences
across listeners for the random word order conditions. However, it is clear that these words may be
discriminable in a closed-set identification paradigm when the spectrotemporal representation is
quite sparse.

4. Discussion

There is a vast literature and long history describing various methods of distorting or recoding
the speech stimulus and evaluating those effects on intelligibility. While a comprehensive re-
view of that literature is beyond the scope of this letter, there are a few methods that are suffi-
ciently similar to the current method as to deserve comment. As noted above, there is consider-
able interest in the essential aspects of speech that must be preserved in the processing provided
by cochlear implants. Shannon et al. (1995) demonstrated that speech-envelope-modulated
noise could be quite intelligible if a sufficient number of frequency bands were used. Brungart
et al. (2005) compared three variations in speech processing and found that each method pro-
vided impressively high intelligibility, at least with a sufficient number of bands and high
signal-to-noise ratios in closed-set tasks. The methods they compared were noise band or tonal
carriers modulated by the speech envelopes for fixed frequency bands, and “sinewave speech”
tracking formants like that used by Remez et al. (1981). Not surprisingly, they reported that
intelligibility declined with decreasing numbers of frequency bands for all of the methods. In
the current study, reducing the resolution of the speech (smaller number or longer duration of
tones) degraded performance, likely due to an inadequate representation of important contrasts
signaling phoneme identity. In Exp. 2, the number of contiguous bands from which the point-
illistic speech was derived was varied and compared to speech processed into a subset of nar-
rower analysis bands. Generally, the wider bands yielded better identification than the narrower
bands. This finding may be related to that reported recently by Souza and Rosen (2009) who
found better performance in speech recognition of sine-carrier speech for higher envelope cut-
off frequencies. The processing method described here is similar in its initial stages to vocoded
speech in which the carriers are pure tones modulated by narrow-band-derived envelope func-
tions (see Arbogast et al., 2002). One difference is that both frequency and amplitude are rep-
resented separately in the elements comprising the signal. However, this is not unique, either.
Several investigators have demonstrated that adding slowly varying frequency modulation to
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individual frequency channels previously conveying only amplitude envelope information pro-
vided speech intelligibility advantages especially in multiple talker situations (e.g., Nie et al.,
2005; Stickney et al., 2007). This procedure is similar to the current method in that it preserves
some of both the envelope and frequency information in the channels. The primary difference
between that technique and the one presented here is that the within-channel variations in en-
velope and frequency were continuous throughout the stimulus rather than being severely quan-
tized and replaced by equal-phase tone segments. Also similar is the procedure used by Throck-
morton ef al. (2006) in which the effect of limiting the carrier frequency to one of a small set of
discrete frequencies within each channel for 2-ms time windows was investigated. Of course all
digital representations of speech are quantized although the sampling rates used typically give reso-
lution on the order of tens of microseconds. Longer time scale quantization has been used in co-
chlear implant coding methods and in simulated cochlear implant speech on the order of 4 ms in
which the resolution in amplitude of the pure-tone carriers was varied in discrete segments or steps
(Loizou et al., 1999). Brungart et al. (2007) demonstrated that a uniform broadband noise filtered
into the time-frequency regions (1/3-octave bands in 7.8 ms segments) in which the speech that it
mimicked had 90% of'its energy could also convey meaning. The current findings indicate that even
longer discrete time segments containing both frequency and amplitude information may also result
in good intelligibility under certain conditions. While it is difficult to compare performance across
studies due to differences in processing as well as speech materials, Loizou ef al. (1999) found that
listeners could achieve 90% correct or better with five or more channels using open set sentence
identification when the duration of each tone was 4 ms and the frequency of the sinusoidal carriers
did not vary.

The nature of the speech stimulus in the current study is also similar to speech pro-
cessed using a variation in the ideal binary mask for “ideal time-frequency segregation” (e.g.,
Brungart et al., 2006, 2007; Li and Loizou, 2007, 2008; Kjems et al., 2009). Analogous to the
findings in Exp. 3, these authors noted that high proportions of the time-frequency bins in their
approach could be removed or masked while intelligibility was retained. The similarity between
the different approaches lies in the rendering of the speech stimulus into a matrix of discrete
spectrotemporal units that may be analyzed or manipulated independently. However, the current
method requires very little stored information to reconstruct the stimulus, only two values per
matrix element. Unlike here, the ideal time-frequency algorithm usually preserves the original
speech stimulus in those time-frequency units (although the Li and Loizou (2008) study also
applied the binary mask technique to vocoded stimuli) and is used to separate a target source
from an overlapping speech masking source using a priori knowledge of each prior to the mix-
ture. It is possible, and we are currently exploring this issue, to represent two distinct sources
using acoustically non-overlapping sets of tones in the current procedure. The results of Exp. 3,
which demonstrated that high identification scores may be obtained in a closed-set format even
when one-half or more of the elements are randomly (compared to “ideally”) removed, suggest
that such a multisource approach is feasible. Thus two, or perhaps even three, intelligible speech
sources could be represented with mutually exclusive tonal elements. Presumably, relative level
would be the primary cue in determining the most salient source although this issue awaits
future investigation. Also of interest is the relative proportion of energetic and informational
masking for various methods. The two techniques share many similarities and we plan future
work to compare and contrast the two approaches.
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Bayon er al. [(2005). J. Acoust. Soc. Am. 117, 3469-3477] described a method for the
determination of Young’s modulus by measuring the Rayleigh-wave velocity and the ellipticity of
Rayleigh waves, and found a peculiar almost linear relation between a non-dimensional quantity
connecting Young’s modulus, Rayleigh-wave velocity and density, and Poisson’s ratio. The
analytical reason for this special behavior remained unclear. It is demonstrated here that this
behavior is a simple consequence of the mathematical form of the Rayleigh-wave velocity as a
function of Poisson’s ratio. The consequences for auxetic materials (those materials for which
Poisson’s ratio is negative) are discussed, as well as the determination of the shear and bulk

moduli. © 2009 Acoustical Society of America. [DOI: 10.1121/1.3243464]

PACS number(s): 43.20.Jr, 43.20.Bi [SFW]

I. INTRODUCTION

This paper investigates a special relation between
Young’s modulus E, Rayleigh-wave velocity vg, and Pois-
son’s ratio v. Bayo6n et al. (2005) observed in determining
the elastic behavior of a material by measuring the properties
of ultrasonic Rayleigh waves (velocity and ellipticity) propa-
gating over one face of the material a strange connection
between two quantities that seemed to be totally indepen-
dent, namely, the quantities » and BEE/(pv,ze), which are
considered as functions of the reciprocal ellipticity a. We use
here the same notation as in Bay6n et al., 2005: v is Pois-
son’s ratio, E is Young’s modulus, p is density, and vy is the
Rayleigh-wave velocity. They concluded that a linear rela-
tionship between v and B seems to exist and it was approxi-
mately deduced as

B(v) =2.618 + 1.332v. (1)

However, an analytical explanation for this peculiar relation
has not been found.

Il. EXPLANATION FOR THE LINEARITY OF B

Let the starting-point be the following well-known for-
mula connecting E, p, v, and shear-wave velocity vg:

E=2(1+ V)pl)§= 2(1+ v)pv,ze/ﬂ, (2)

YAuthor to whom correspondence should be addressed. Electronic mail:
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where we have introduced in accordance with Bayon er al.
(2005) the squared ratio of vy to vg as follows:

n= (UR/US)z- (3)

By using Malischewsky’s formula (see Malischewsky Aun-
ing, 2004) and the squared ratio of shear-wave velocity to
velocity of longitudinal waves vp denoted by 7,

2
Ug 1-2v
= — = N 4
7 (vp> 2(1-) @
we obtain 7 as
2 s—— 2(1-67)
n=Z|4-Vh(y) + 55— |, (5)
3{ ’ %‘"h3(?’)

with the auxiliary functions

hy(y) =333 = 186+ 32192 — 19293,

hy(y) =17 =45y + hy(y), (6)

where the main values of the cubic roots are to be used; i.e.,
the cubic root of a negative number is complex. It should be
noted that there are a lot of different approximations for the
Rayleigh wave velocity such as the well-known approxima-
tions of Achenbach (1973) and Bergmann (1948), which
were discussed and improved by Vinh and Malischewsky
(2007). Tt is clear that »=%(v) is a non-linear function of v
and B=B(v) for the present, too. We expand now the interval
of considered Poisson ratios from —1 to 0.5 because of two
reasons: The auxetic range of negative Poisson ratios be-
comes more and more interesting in material sciences (see,
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FIG. 1. Exact function B (solid) and its linear approximation (dashed) as a
function of Poisson’s ratio v from Egs. (2)—(6).

e.g., Yang et al., 2004) and, second, the special behavior of B
in the interval [0,0.5] becomes more obvious. If we plot the
function B=E/ (pv,ze) from Eq. (2) by using Egs. (4) and (5),

B=2(1+v)/7n, (7

and approximation (1), which is nearly identical to the result
in Eq. (16), into Fig. 1, it can be realized that B is a quasi-
linear function of v in the interval [0,0.5], which becomes
also obvious by calculating the curvature as a function of ».
This behavior becomes understandable by carrying out a
Taylor expansion of function 1/ 7(v) up to the quadratic term
(1.309-0.59v+0.371%). The higher terms will not bring new
information in the interval v e[0,0.5] under consideration.
Multiplication of this Taylor expansion with 2(1+v) yields a
cubic equation, which is a fairly good approximation of B(v)
and has the following peculiarity: The quadratic and cubic
terms cancel approximately with the consequence that the
linear term is the leading term. That is the analytical reason
for this behavior of B(v). By using a cubic test function with
arbitrary quadratic and cubic coefficients, we observe that
this quasi-linear behavior of B(v) corresponds just with that
region of the cubic function, where it has a point of inflection
within the interval ve[0,0.5], in our case nearby v=0.3.
This is intuitively clear. There is no point of inflection for
ve[-1,0].

By making the linear ansatz B,=c+dv with unknown
constants we obtain from Eq. (7)

_2(1+V)
T oc+dv’

7 (8)

and by taking into account that this # has to satisfy Ray-
leigh’s equation for every v, i.e.,

_2
Ave,d)=(2- ) = 16(1 - 77){1 - 21(1 . :) n} =0. (9)

After some simple algebraic manipulations, Eq. (9) becomes

F(c)+v(v+1)G(c,d,v)=0, Vv, (10)
where
F(e)=(c-1)(c?=3c+1) (11)
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and G(c,d,v) is a polynomial of third order with respect to
d. For v=0 Eq. (10) becomes F(c)=0, and we are able to
determine ¢ from the equation

F(c)=(c-1)(c?=3c+1)=0. (12)
It is clear from Fig. 1 that the only suitable solution is

—
3+45

~ 2.61803. (13)

Cc=

This remarkable number is the exact value of B for the Pois-
son ratio 0, which could be also obtained from the exact
formula (5) by some arithmetic transformations in a less el-
egant manner. A by-product of Eq. (13) is an analytical rep-
resentation of the Rayleigh-wave velocity for the Poisson
ratio 0 as follows:

vR(0)/vg=2/\3 + 5 =~ 0.874. (14)

The other unknown constant d could be found by solving the
implicit function G(2.61803,d,»)=0 and it is a function of
v. Because we have already realized that B is almost a
straight line for v € [0,0.5], we can determine the constant d
simply in such a manner that the approximation is also exact
at the other end of the interval

1 —.
B(0.5)=3.28723=1(3+\5) +0.5d = d = 1.3384. (15)

So we have obtained the following approximation of B in the
interval [0, 0.5]:

B,=2.61803 + 1.3384v, (16)

which is only slightly different from approximation (1) of
Bayo6n er al. (2005), but the relative mean deviation from the
exact value is 1.4-fold less than that of Eq. (1). We could
obtain a yet better approximation than Eq. (16) by freely
varying ¢ and d. But this is not necessary because the error
of Egs. (1) and (16) is small enough (equal or less than 0.2%
over the whole interval). We are also able to use a polyno-
mial of third order to get a very good approximation within
the whole interval v e [—1,0.5]. The polynomial is obtained
by carrying out a Taylor expansion of B at a certain v-value,
which is determined by the method of Vinh and Malis-
chewsky (2006). The result is

B,=2.618 + 1.446v—0.5211 + 0.6821°, (17)

with a relative deviation less than 1.2% within the interval
[—0.8, 0.5].

Finally let us present B and Poisson’s ratio » as in Bayon
et al., 2005 as a function of the reciprocal ellipticity a

2-7
a= —
2Vl -nm

(18)

in Fig. 2. We see the same picture as in Fig. 1 of Bayén et
al., 2005 for positive Poisson ratios, but the two curves sepa-
rate from each other for negative Poisson ratios. Relation
(16) is no longer valid in this range but this is no obstacle for
the application of the method: v and B and E, respectively,
are determined for constant a from the corresponding two
curves without difficulty.
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FIG. 2. Poisson’s ratio v (dashed, left-hand scale) and B (full, right-hand
scale) as functions of the reciprocal ellipticity a. Regions of negative and
positive Poisson ratios, respectively, are separated by a thin vertical line.

lll. DETERMINATION OF THE SHEAR AND BULK
MODULI

The determination of the shear modulus G and bulk
modulus K, respectively, is simple when E and v are known.
However, in order to demonstrate better the contrast in de-
termining these moduli by the method described here, we
define similar functions analogously to B for G and K,
namely,

B G T B K 2(1+v) (19)
=" A = n, == =" .
! pU% : pvr 3(1-2v)p

The functions B, B, B,, and v are drawn in Fig. 3 in depen-
dence on a. Only the function B can be shifted down by

N
~

N

VJB’ B1! BZ

1.1 12 13 14 15 16 17

FIG. 3. The functions v (thin), B (full, thick), B (dashed), and B, (dashed-
dotted) in dependence on a.
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linear transformation (16) for positive Poisson ratios in order
to become almost identical with the function v(a). For the
other functions such a procedure is not possible, but this is
no limitation for the applicability of the method described
here. Note the points of intersections in Fig. 3, where certain
moduli have identical numerical values for certain Poisson
ratios.

IV. CONCLUSIONS

The quasi-linearity of the function B(v) for »>0 is an
interesting by-product in determining Young’s modulus from
the measurement of the Rayleigh-wave velocity and its ellip-
ticity. It is a consequence of the special form of the function
1/n(v) in connection with its multiplication with the linear
function (1+ v). This quasi-linearity allows a convenient and
simple graphical determination of both quantities v and E
from one curve alone. It breaks down in the auxetic range
v<<0, but this is not a limitation of the applicability of the
method. We have only to use two curves in that range. The
same is true for the whole range of Poisson ratios if we
would determine the moduli G and K in a similar manner.
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This letter is a response to Strasberg’s recent paper, “Comment on ‘Measurement of the frequency
dependence of the ultrasonic parametric threshold amplitude for a fluid-filled cavity.”” The authors
dispute the conclusions of Strasberg regarding the effect observed by Teklu er al. [J. Acoust. Soc.

Am. 120, 657-660 (2006)] published previously in JASA.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3243877]

PACS number(s): 43.25.Gf [ROC]

We would like to thank Strasberg for bringing attention
to the frequency dependence of acoustical attenuation. At
first we thought parametrically excited fractional harmonics
would be a way to measure this attenuation.! We were aware
of the dependence pointed out by Strasberg at the time of our
2006 paper, but rejected the situation described by Strasberg
in favor of a more complete explanation based on the solu-
tions of Mathieu’s equation, which is appropriate for our
system. The behavior of the solutions is depicted in the sta-
bility chart for Mathieu functions published by McLachlan.
This stability chart is unusual in that the coordinates are not
independent, but if properly used, it accounts for the depen-
dence of the threshold amplitude on cavity length. The curve
beginning at a=1 corresponds to data taken by Adler in
1970; that beginning at a=4 corresponds to the 2006 data.>*
Subharmonics occur when the threshold line between un-
stable and stable regions labeled in the curve is crossed. In
the experiments we described, these curves were crossed
near ¢=0. The presence of such parametrically excited sub-
harmonics is demonstrated optically by the appearance of
extra diffraction orders between the ordinary diffraction or-
ders when the transducer drive voltage is above a threshold
value. It has been stated in the 2006 paper that parametric
resonance is observed only if the energy supplied to the sys-
tem reaches a critical value large enough to overcome attenu-
ation in the system, mathematically interpreted as Eq. (12) in
the 2006 paper. When the cavity length is large, the threshold
amplitude is influenced by nonlinearity of the medium,
acoustic attenuation, beam spreading, or detuning, or any
combinations of these, and results in the decrease in the
threshold amplitude of subharmonics with the increase in the
drive frequency as shown in Fig. 3 of the 2006 paper. How-
ever, if the cavity length is small, energy losses are domi-
nated by attenuation and result in the frequency dependence
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of the threshold amplitude shown in Fig. 4 of the 2006 paper.
It is worth mentioning that a linear system is sufficient to
excite parametric resonance.

Strasberg’s objection to the lack of the % harmonic sub-
frequency in the spectrum can be explained by the existence
of frequency doublets, which appear around the half fre-
quency. The fact that doublets were observed has been ex-
plained by Eller.” The doublets occur because two coupled
parametric oscillators are excited. Presumably the two sur-
faces of the reflector are coupled to produce the doublets;
however, this hypothesis has not been conclusively con-
firmed.

The thresholds calculated by Strasberg evidently were
made by assuming that the signal outputs of the transducers
used in the 1970 and 2006 papers are the same, or at least of
the same order of magnitude. However, in the 2006 paper, a
sinusoidal wave from a function generator via a power am-
plifier with impedance matching network was applied to
X-cut quartz transducers. We are not quite sure how power
was supplied to the transducer in the 1970 paper. Therefore,
unless we exactly measure the power output signal of the
transducers at subharmonic frequencies, we cannot compare
the vibration amplitudes of the transducers used in the two
different experiments.

We appreciate the diligence of Strasberg. However, we
do not agree with his conclusion that the spectra may not be
caused by acoustical parametric oscillation. Acoustical para-
metric (gscillation also is a reasonable explanation of the data
of Yen.

L. Adler and M. A. Breazeale, “Measurement of ultrasonic attenuation
from the threshold of parametrically excited fractional harmonics in a
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This work investigates a generalized implementation of directive sources on discrete-time methods.
Results based on previous work for sinusoidal sources have been extended to accomplish real life
source requirements, which have a frequency-dependent pattern and show gradual transitions
between the different directivities at successive frequencies. One of the main advantages of this
method lies in its capacity to be applied to any discrete-time method, since it is based on a proper
combination of impulse responses radiated from discrete positions, which, in turn, will produce a
particular pressure distribution at far-field. Furthermore, some considerations about mesh-dispersion
effects on source modeling are addressed using some examples.

© 2009 Acoustical Society of America. [DOI: 10.1121/1.3257580]

PACS number(s): 43.55.Ka, 43.58.Ta [NX]

I. INTRODUCTION

Acoustic impulse responses can be accurately predicted
in a relatively efficient way with the use of numerical ap-
proaches known as discrete-time methods. In these methods,
a mesh of discretized spatial points represents the sound field
at a given time step, which is updated through a linear com-
bination of previous and surrounding discretized points.
Among different discrete-time paradigms applied to acoustic
problems, the most common are finite-difference
time-domain' and digital waveguide mesh®* (DWM).

In sound source modeling, the directivity is a fundamen-
tal feature to a final simulation result. Unfortunately, there
have only been a few attempts to solve this problem for such
particular discrete-time methods, as they can only consider
sources as monopoles. Authors Ref. 3 proposed a method for
a wave-DWM (W-DWM),? achieving source modeling with
a frequency-independent directivity and for those directivity
diagrams which have dipole and quadrupole shapes. How-
ever, this is not a generalized method that can be used in
other discrete-time methods, since W-DWM works with
characteristic (wave) variables. Furthermore, the same au-
thors proposed an alternative method, also for a W-DWM,
which was inspired from a well-known antenna theory
principle;3 this method provides very interesting and accurate
results which are also frequency dependent. However, in the
results, they do not explore gradual transitions between the
different directivity diagrams at consecutive frequencies and
the impact of the mesh dispersion.

At about the same time, an alternative method was
proposed,4 based on a weighted combination of monopoles,
in which the far-field pressure distribution is equal to that of

YAuthor to whom correspondence should be addressed. Electronic mail:
escolano@ujaen.es

2856 J. Acoust. Soc. Am. 126 (6), December 2009

0001-4966/2009/126(6)/2856/4/$25.00

Pages: 28562859

a defined directivity. One of the main advantages of this
method relies on the fact that, since it works with mono-
poles, it can be easily implemented in any discrete-time
method. However, this method is limited to sinusoidal
sources. This letter proposes an extension of the previous
method, incorporating broadband directive sources with a
frequency-dependent directivity.

Il. METHOD

In Ref. 4 an algorithm for sinusoidal directive sources
modeling has been presented. This method is similar to the
monopole synthesis proposed in Refs. 5 and 6. However, real
sources in room acoustics normally have a certain bandwidth
and its directivity is not constant with the frequency. For that
reason, it is necessary to modify the previous algorithm in
order to synthesize broadband directive sources.

The previous algorithm relies on the fact that a spherical
distribution of pressure at the far-field, which is produced by
a source, corresponded to its directivity diagram. The scheme
followed for implementing the directive source was already
presented, where r=[r, ,... ,rsN]T is a matrix that contains
the position of the monopole sources (the underline indicates
a matrix and 7 indicates transpose) and r,= [r,l - ,r,M]T is
the receivers position matrix. The receiver points are distrib-
uted in a discretized sphere. It should be noted that the pres-
sure at positions r,, P,(w):[P(rr1 L), ... ,P(rrM,w)]T is the
known data, whereas the pressure at positions r,, P (w)
=[P(rsl,w), ,P(rSN,w)]T are sought through this algo-
rithm.

Both pressure vectors are related through a plane wave
Green’s function matrix C, forming a system of equations
P,=CP,. The resulting system of equations will be normally
overdetermined, since the number of receiving positions em-
ployed is higher than the number of monopole sources in
order to obtain soft directivity diagrams. The monopole

© 2009 Acoustical Society of America



weights, P, can be calculated through the pseudoinverse of
the matrix C, and particularly, by using the least mean square
method;’ however, this formulation is specific to a frequency
. Although the relation M >N is not compulsory, an unde-
termined system of equations can be also solved by the least
mean square method.’

From this basis, an extension to a broadband source is
presented: for a given sampling frequency f, let us consider
a source with a certain cut-off frequency, since without loss
of generality, source radiation (or signal content) properties
could be assumed by having low-pass filter characteristics.
The source bandwidth can be discretized to a uniform distri-
bution of L+1 frequencies w=[w, ...,w,, ..., ], where w;
equals 2f,/2. The number of frequencies L+ 1 can be con-
sidered as samples of the Fourier transform of the impulse
response of each source.

In a similar fashion to the sinusoidal algorithm,4 let us
define a Green’s function matrix for a specific frequency w;
as C(w))=(C, ,(w;))yxy, Where each element is calculated
through C,, ,, () =e/@/ s, =1, where a far-field condition is
assumed and wfr, —r, [[/c>1 must be assured for all m
and n values.

For each frequency, a certain directivity, in terms of the
pressure at a far-field position, P.(w;), is defined. Through
the pseudoinverse of Green’s matrix C(w;), the amplitude
and phase of the monopole sources, Py(w,), are solved. Once
this process is repeated for every frequency in o, it is then
possible to  define the following matrix, P,
=[Pwy),...,Pw,),P(w;_)*, ..., P(w;)*], where in each
row, new elements have been added in order to obtain a
Hermitian vector per row. Each column represents P, for a
given frequency w; and each row represents the sampled
spectrum of each one of the monopole sources r . P(rsn, w).

The next step is to apply the inverse discrete Fourier
transform® on each one of the rows, giving as a result a time
domain matrix, P,, where each row represents the impulse
response of a source, p(rsn,n) and neng,...,ny,...,ny 1],
represents the time steps. These impulse responses are ap-
plied to a given anechoic source s(n), to be radiated with a
particular directivity, using the linear convolution operator,
s(x,, ) =s(0) #p(x,, ).

The main advantage of this algorithm lies in the fact that
different directivities can be defined for different frequencies
and then, the design of complex sound sources is straightfor-
ward. However, for a given source distribution r,, it is only
possible to synthesize a limited frequency band which de-
pends on the maximum and minimum relative distance be-
tween monopoles: the lower frequencies are required, the
larger distances between the monopoles are necessary, and
the highest synthesizable frequency is determined by the
closest possible distance between monopoles. In the DWM
case, through the classical array signal processing theory9
and Courant condition,2 it is ;pssible to determine the maxi-
mum frequency fi.=/s/(2VN), where N is the number of
dimensions in the problem. The low frequency problem is
not really a limitation, since most of the real sources radiate
omnidirectionally; in the situation where sources have a di-
rectional pattern at low frequencies, then larger distances be-
tween monopoles will be requilred.4
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Regarding to the number of monopoles, it is possible to
find a certain distribution of (m+ 1)?> monopoles to describe a
directivity based on spherical harmonics distribution of order
m.

Once the corresponding impulse responses are calcu-
lated, they can be included in the updating equations as hard
(forcing p(r,,n) in their corresponding monopole positions),
soft (including source terms in the inhomogeneous wave
equation) or transparent sources.'® For simplicity, the follow-
ing discussion uses soft sources. These soft sources may be
more properly expressed as a function of the source strength
q as p(r‘vn ’ l’l) = —PCZAI(CI(H” ’ l’l) - Q(rsn = 1 ))

Due to the circular convolution intrinsic to the DFT,
some time aliasing effects could appear on both sides of the
calculated impulse response.8 In order to avoid these effects,
the impulse responses of the directivity filters should be long
enough in order to assure that they tend to zero at both sides,
i.e., using a sufficiently large number of points in the Fourier
transform process.

Therefore, the number of frequencies L+1 should be
increased, using an interpolation function. A window func-
tion can also be used, although this produces a loss in fre-
quency resolution, which is not usually a limitation, since
source directivity is commonly roughly defined in octaves or
third-octaves.

lll. EXAMPLES

This section presents several examples of the suitability
of the method for broadband directivities. Simulations are
obtained in a Kirchhoff-DWM (Ref. 2) using a sampling fre-
quency f,=40 kHz in a two-dimensional mesh conformed by
900 X 900 spatial samples. Let us consider a directivity pat-
tern with an angular resolution A@=m/4 with P,y =[0,
-2,-5,-3,-4,-9,-3,-1], where P,4p)(i) is the directivity
at the angle 6;=im/4, expressed in dB. The first example
consists of a constant directivity function for a particular
bandwidth, where 1024 frequency samples are used for the
definition of the whole spectrum. In order to synthesize this
directivity, 12 sources, homogeneously distributed in a circle
shape, for simplicity, are placed at a radius 14 cm, taking
into account the staircase effect due to the sampling mesh.
The distance between the sources determines a bandwidth
590-1500 Hz. Figure 1(a) shows and compares the broad-
band results obtained (solid line) with respect to the expected
values (dotted line) for each of the indicated angular posi-
tions A6. Results are normalized and presented with respect
to the pressure level obtained at direction #=0. The results
show the highest error lower than 1 dB.

For the same directivity pattern, but this time synthe-
sized through a circle shaped source distribution situated at a
radius of 5.8 cm, using again 12 point sources. The band-
width is now between 1.47 and 3.75 kHz. Figure 1(b) shows
the results in a similar way that of the previous one. How-
ever, more fluctuations appear with respect to the average
value in the results due to the inherent mesh-dispersion in the
DWM grid. It has been observed that these errors are more
related to angular dispersion, rather than due to the
frequency-dependent dispelrsion;]l this could be deduced
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FIG. 1. Simulated broadband directivity results (solid line), compared with
the expected values (dashed line), using a point sources circle configuration
with radius (a) 14 cm and (b) 5.8 cm. The dotted line in (b) is obtained with
the same conditions as the solid line, but using an IDWM. Each pressure
value has been normalized for direction #=0 at each frequency, and the
angular position A@ is indicated in the right side as O (line 1), 77/4 (2), w/4
(3), 37/4, 6m/4 (4), 7 (5), 27/4 (6), and 57/4 (7).

simply by assuming an isotropic dispersion: in that case, all
the points situated in a circle distribution will have the same
phase error but this would not affect the wave amplitude
superposition. A simple solution could be the use of the
interpolated12 or triangular2 DWM (IDWM and TDWM, re-
spectively), since they spread the angular dispersion evenly
nearby. The dotted line in Fig. 1(b) shows the same example,
but using IDWM. It can be observed that the results are
improved, and variations with respect to the theoretical ref-
erences will decrease. Nevertheless, some errors remain, but
they are due to the use of the least mean square method
which calculates the pseudoinverse of C, which is a
frequency-dependent matrix.

Since the angular resolution is low, it is necessary to
check the behavior in other angles, where there has been no
new directivity information added. Figure 2(a) shows the
same results as those of Fig. 1(a), but represented with a
higher angular resolution A6#=/36. No modifications over
the previous results are made, except that more angles are
measured and represented. With this low angular resolution,
a considerable number of lobes and noticeable transitions
between the directivity of close frequencies are observed,
which are unnatural. The apparition of these lobes is related
to the least mean square method instead of the propagation
method, since this algorithm minimizes the squared error in
the known points; but in the rest of angles, the behavior is
unpredictable. Figures 2(b) and 2(c) represent the same re-
sults as in Fig. 1(b), except that more angular resolution has
been measured, where Fig. 2(b) is the result with the con-
ventional DWM method and Fig. 2(c) with the IDWM: no
relevant differences in lobes’ distribution could be found be-
tween the DWM [Fig. 2(b)] and the IDWM [Fig. 2(c)] simu-
lations.

A simple idea to overcome this limitation would be to
interpolate the directivity values for all r er,, and then, to
apply the proposed algorithm, which will now have a higher
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FIG. 2. (a) Same results as in Fig. 1(a), measured with an angular resolution
of A@=1/36. (b) Same results as in Fig. 1(b), measured with Af=1/36. (c)
Same results as in Fig. 1(b), measured with Af=1/36 and using an IDWM.
(d) Same results as Fig. 2(a) after a spline interpolation of the directivity
pattern.

angular resolution as a result of that interpolation of data
between angles for each frequency. Figure 2(d) shows the
same directivity pattern as Fig. 2(a) after increasing the an-
gular resolution through a spline interpolation, with an angu-
lar resolution Af=1r/36. Results show that the calculated
directivity is now practically constant, and no important dif-
ferences can be observed, proving that the proposed method
is suitable for defining frequency-independent directivity
sources in a DWM. Of course, this interpolation would only
be necessary, if the original directivities had been measured
with a poor angular resolution. This method is also appli-
cable to other discrete-time methods, since all of them in-
clude monopoles sources.

The main advantage of this method lies in the fact that
different directivities at different frequencies, according to a
given frequency-dependent radiation pattern, can be defined,
including soft transitions between the original data. Let us
consider another example: a DWM grid with the same char-
acteristics as the previous example, but using the following
directivity pattern: at f=500 Hz, Pr(dB):[O,—2,—5,—3,—4,
-9,-3,-1]; at f=1000 Hz, P,4p=[0,-2,-9,-3,-8,-1,
-12,-5]; and finally, at f=2000 Hz, P,45)=[0,-8,-10,
-3,-0,-5,-4,-1]; the null frequency and f,/2 have been
considered omnidirectional just to simplify criteria. Since the
angular resolution is quite low, the directivities are interpo-
lated using spline functions in order to achieve A6=1r/36.
Furthermore, since the number of known frequencies have
also fairly reduced, the rest of the frequencies are linearly
interpolated using 512 frequency samples to represent the
whole spectrum.

Two point source distributions are used for synthesizing
this frequency-dependent directivity. Again, both distribu-
tions consisting of a circle shape source arrangement of 12
point sources homogeneously distributed, one with a radius
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FIG. 3. Different directivity results: (a) theoretical directivity pattern ob-
tained through a circle shape source distribution with a radius (al) 14 cm
and (a2) 5.8 cm. (b) Same directivity results obtained through the proposed
method in an IDWM with a radius (bl) 14 cm and (b2) 5.8 cm. (c) Error
obtained as the difference between the expected directivity and the corre-
sponding synthesized results.

of 5.8 cm (between 1.47 and 3.75 kHz) and the other with a
radius of 14 cm (between 0.59 and 1.5 kHz). Figure 3(al)
represents the expected pattern using the circle of sources
with a radius 14 cm, whereas Fig. 3(bl) represents the re-
sults obtained in the simulation of the 14-cm-radius source
distribution. A close agreement between both graphs can be
observed. Also, Fig. 3(b2) shows the results of the
5.8-cm-radius source distribution, compared to the theoreti-
cal directivity pattern. Again, the agreement is good. Figures
3(cl) and 3(c2) presents corresponding error distribution.
The maximum error is estimated approximately 4 dB, al-
though these errors are located in very few points. The aver-
age errors are mostly negligible.

IV. CONCLUSIONS

In a previous publication,4 a method for sinusoidal di-
rective source modeling in discrete-time methods based on
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monopole synthesis was proposed. Although the achieved
directivity was accurate, this method itself is not sufficient
for more complete simulations where broadband sound
sources are employed. From the basis of that method, an
extension to broadband directivity patterns has been pre-
sented. In this improved method, the goal is to calculate a
suitable set of impulse responses for a given distribution of
monopoles, obtaining not only accurate results but also
smooth transitions between directivities for consecutive fre-
quencies. Furthermore, special attention has been paid to its
use in isotropic dispersion meshes, such as an IDWM, which
has been tested, and a reduction in the errors has been ob-
served. This model is also valid for the remainder discrete-
time methods, outperforming previously proposed methods.
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This letter reports a study designed to measure the benefits of voicing in the recognition of
concurrent syllables. The target and distracter syllables were either voiced or whispered, producing
four combinations of vocal contrast. Results show that listeners use voicing whenever it is present
either to detect a target syllable or to reject a distracter. When the predictable effects of audibility
were taken into account, limited evidence remained for the harmonic cancellation mechanism

)

thought to make rejecting distracter syllables more effective than enhancing target syllables.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3257582]

PACS number(s): 43.71.Bp, 43.71.An, 43.66.Ba, 43.72.Qr [JES]

I. INTRODUCTION

It has been shown that segregation of competing voices
is facilitated if the target and distracter voices differ either in
glottal pulse rate (GPR) or vocal tract length (VTL) (e.g.,
Darwin et al., 2003). Moreover, Vestergaard et al. (2009)
measured the interaction of GPR and VTL in concurrent syl-
lable recognition using a paradigm that controlled temporal
glimpsing and the idiosyncrasies of individual voices. They
showed that, when the signal-to-noise ratio (SNR) is 0 dB, a
two-semitone (ST) difference in GPR produced the same
performance advantage as a 20% difference in VTL. This
letter reports an extension of Vestergaard er al., 2009, de-
signed to measure the benefits of voicing to the recognition
of concurrent syllables.

It has been proposed that the benefit of a pitch difference
in the recognition of concurrent speech is that it helps the
listener reject sounds that fit the harmonic structure of the
distracting voice (cancellation theory) rather than assists the
listener in selecting sounds that fit the harmonic structure of
the target voice (enhancement theory). In a series of double-
vowel experiments, de Cheveigné and colleagues (de Chev-
eigné et al., 1997b, 1997a; de Cheveigné, 1997, 1993) devel-
oped a harmonic cancellation model tuned to the periodicity
of the distracter. They showed that the advantage of a pitch
difference depends primarily on the harmonicity of the dis-
tracter. In order to evaluate the feasibility of the cancellation
theory for connected syllables, the current study employed
the paradigm described by Vestergaard et al. (2009) for
voiced and whispered syllables. Whispered speech signals do
not provide any acoustic cues to the harmonicity that char-
acterizes speech in voiced phonation (Abercrombie, 1967).

Whispered phonation is produced by allowing turbulent
air to flow through partially open glottal folds. Turbulence
reduces the gradient of airflow velocities and results in a
noise-like excitation of the vocal tract resonances (the for-
mants). In naturally produced speech, whispered syllables
are elongated (Schwartz, 1967) and air consumption is dra-

“Portions of this work were presented at the 153rd Meeting of the Acousti-
cal Society of America, Salt Lake City, UT, 2007.
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matically increased (Schwartz, 1968a). Whispered speech is
typically 15-20 dB softer than voiced speech (Traunmiiller
and Eriksson, 2000) and has a spectral tilt of approximately
+6 dB/octave (Schwartz, 1970). These features lead to a
reduction in the perceptibility of whispered speech while it
remains relatively robust. Indeed, whispered speech can con-
vey much of the information that voiced speech can convey.
Tartter (1991) found that the intelligibility of whispered vow-
els was 82%; only 10% lower than for voiced vowels. The
recognition of whispered consonants was 64%; much above
chance for the 18 consonants in their experiment (Tartter,
1989). Listeners are also able to identify speaker sex given
isolated whispered vowels (Schwartz and Rine, 1968) or
even when presented with isolated voiceless fricatives
(Schwartz, 1968b). Lass er al. (1976) reported that the rec-
ognition of speaker sex dropped from 96% correct for voiced
speech to 75% correct for whispered speech. Moreover, Tart-
ter and Braun (1994) showed that listeners can accurately
distinguish “frowned,” neutral, and “happy” speech in both
voiced and whispered phonations. Thus, while the purpose of
whispering is to reduce audibility, whispered speech remains
highly functional in other respect. When instructed to adjust
the frequency of a pure tone so that it matched the perceived
pitch of a whispered vowel [sic], listeners matched the fre-
quency of the pure tone with the frequency of the second
formant of the vowel (Thomas, 1969). Thus, in the absence
of temporarily defined pitch, listeners revert to an extracted
spectral pitch measure as described by Schneider er al.
(2005). Together, these studies suggest that we can investi-
gate the functional role of harmonicity on the segregation of
concurrent syllables by removing the temporal regularity of
voiced speech samples and applying a spectral lift, thus
simulating whispered speech.

In the current investigation, audibility was varied by
testing at different SNRs. Because whispered speech has
relatively more high-frequency energy than voiced speech, it
has the potential to be a more efficient masker and a more
robust target than voiced speech when presented at the same

© 2009 Acoustical Society of America



RMS level. To control such effects, syllable recognition was
analyzed as a function of audibility as defined by the speech
intelligibility index (ANSI, 1997).

The purpose of the current study was to determine the
importance of voicing in the recognition of concurrent
speech. It was hypothesized that performance in a syllable
recognition task would improve whenever the auditory sys-
tem can make use of voicing, either to detect a target or
reject a competing distracter. Moreover, if the mechanism of
cancellation were more effective than the corresponding en-
hancement mechanism, listeners would be more successful at
using voicing to reject a distracter than to detect a target.

Il. METHOD

The participants were required to identify syllables spo-
ken by a target voice in the presence of a distracting voice.
The target and distracter voices were voiced and whispered
in all combinations, and the SNR was varied over a wide
range.

The stimuli were taken from the syllable corpus previ-
ously described by Ives et al. (2005). It contains 180 syl-
lables, divided into 90 consonant-vowel (CV) and vowel-
consonant (VC) pairs. Six consonants from each of the three
categories (plosives, sonorants," and fricatives) were paired
with one of five vowels. The syllables were analyzed and
re-synthesized with the STRAIGHT vocoder (Kawahara and
Irino, 2004) to simulate voices with different combinations
of GPR and VTL. To simulate whispered speech, the
STRAIGHT spectrograms were excited with broadband noise
and high-pass filtered at 6 dB/octave. This procedure re-
moves pitch from the voiced part of the syllables (in conso-
nants as well as in vowels) and produces an effective simu-
lation of whispered speech. The target voice simulated a tall
male speaker (VTL: 182 mm; GPR: 157 Hz when voiced)
and the distracting voice sounded like a female of normal
height (VTL: 139 mm; GPR: 203 Hz when voiced). The
difference in VTL is several just noticeable differences for
the discrimination of resonance scale for syllables (Ives et
al., 2005), so even when pitch was removed from both the
target and distracter voices, it was still easy to hear the dif-
ference between the two voices (Vestergaard et al., 2005;
Vestergaard, 2007). The target and distracter syllable pairs
were presented in triplets to promote the perception of con-
nected speech, and the syllables within a pair were matched
according to their phonetic specification to reduce temporal
glimpsing (Vestergaard et al., 2009). The listeners responded
by clicking on a syllable matrix on a computer screen, and
they were given training on the use of the interface before
commencing the main experiment. They were seated in an
IAC (Winchester, United Kingdom) double-walled, sound-
attenuated booth, and the stimuli were presented bilaterally
via. AKG K240DF headphones at 60-dB sound pressure
level.

There were eight listeners (19-21 years old; three male)
who all provided informed consent, and the experimental
protocol was approved by the Cambridge Psychology Re-
search Ethics Committee (CPREC). Audiograms were re-
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FIG. 1. Recognition scores as a function of (1) SNR (top panels) and (2) SII
(bottom panels). The left panels (A#) show syllable recognition, the middle
panels (B#) show consonant recognition, and the right panels (C#) show
vowel recognition. The black lines show performance for voiced target syl-
lables and the dark gray lines show performance for whispered-target syl-
lables. The solid lines are for voiced distracters and the dashed lines are for
whispered distracters. In the bottom panels, the thick light gray curve shows
predicted recognition according to the transformation by Sherbecoe and
Studebaker (1990). See text for details.

corded at octave frequencies between 500 and 4000 Hz bi-
laterally, to ensure that the listeners had normal hearing.

Recognition performance was measured for the target
voice in a 2 X 2 X 7 factorial design (i.e., 28 conditions). The
target voice was either voiced or whispered, and the dis-
tracter was either voiced or whispered. Each pair of target
and distracter voices was measured at seven SNRs [—15,
-9, =3, 0, 3, 9, 15 dB]. The trials were blocked in runs of
40 trials, within which the voice combination and the SNR
were constant. Between runs the condition was randomly
chosen from the full set of the 28 conditions. Each condition
was repeated three times. To increase the sensitivity of the
experiment to the variation in voicing, the task was made
slightly more difficult by playing the target syllable in either
interval 2 or 3. A visual indicator marked the interval to
which the listener should respond (for details of the rationale
for this paradigm, see Vestergaard et al., 2009).

lll. RESULTS

Three different scores were computed: percent correct
syllable recognition (the primary task), percent correct con-
sonant recognition, and percent correct vowel recognition.
The average values for the three scores are shown as a func-
tion of SNR for the four vocal conditions in the top row of
Fig. 1. The results show the expected effect of SNR and
some notable effects of voicing. To control for the predict-
able effect of audibility caused by the difference in spectrum
between voiced and whispered speech, the following analy-
sis was run: For each trial, an audibility index [the speech
intelligibility index (SIT) (ANSI, 1997)] was calculated by
deriving the spectrum levels for the target and distracter syl-
lables. The distracters’ spectrum levels were used as masker
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when estimating the audibility of the targets. An important
function for English nonsense syllables was used according
to the ANSI standard. A transfer function (Sherbecoe and
Studebaker, 1990) was then fitted to the data. This analysis
allows for a data-driven audibility-controlled prediction of
recognition performance. The results of this transform are
shown at the bottom row of Fig. 1. They show the effects of
voicing once audibility has been taken into account.

The scores from the experiment and the scores from the
prediction described above were converted to rationalized
arcsine units (RAUs) (Studebaker, 1985; Thornton and Raf-
fin, 1978). The effects of voicing on performance were ana-
lyzed by assessing the departure of the observed scores from
the corresponding predictions. A three-way repeated-
measures analysis of variance [2(target) X 2(distracter) X
7(SNR)] was run on the prediction mismatch units
(observed RAU scores—predicted RAU scores) for the
three different scores. Greenhouse—Geisser correction was
used to compensate for lack of sphericity, and paired com-
parisons with Sidak correction were used to analyze effects
within condition. For the syllable scores (A panels in
Fig. 1), recognition of voiced target syllables was above the
predicted value, and recognition of whispered-target syl-
lables was below the predicted value (F;,;=39.9, p=
0.001, 77p2=0.84). Prediction accuracy increased with in-
creasing SNR (F6,42:8.4, p=0.002, £=0.40, np2:0.55),
and this trend was more pronounced for whispered targets
and less pronounced for voiced targets (Fg4=3.59, p=
0.018, £=0.68, 77p2=0.33). Recognition performance was
below the predicted value for whispered distracters and
above the predicted value for voiced distracters (F;;=
59.6, p<<0.001, 77p2:0.89), and this effect was entirely
driven by the whispered-target condition (F;,=11.8, p=
0.011, 77p2=0.63). The results of this analysis are illustrated
in Fig. 2, which also shows the direction of each effect.

There are two pronounced kinks in the results for the
voiced targets at 0-3 dB in Fig. 1, panel Al (and B1). How-
ever, paired comparisons of the prediction mismatch data
showed that none of the corresponding troughs in Fig. 2,
panel Al (and B1), was significantly different from the
neighboring points, so the kinks would appear to be just
statistical fluctuations.

The pattern of consonant scores and vowel scores is
similar to the pattern of syllable scores, except the interac-
tion between target and distracter is only significant for
vowel recognition (F 1,7=20.8, p=0.003, 771,2:0.75; panel
C2 in Fig. 2) and not for consonant recognition (panel B2 in
Fig. 2). Furthermore, for the vowel data, the effect of SNR
interacted not only with the voicing of the target (Fg 4=
5.83, p=0.012, £=0.36, np2=0.46) but also with the dis-
tracter (Fg4,=4.72, p=0.011, £=0.51, 7],,2=0.40). More-
over, target and distracter voicing and SNR showed a three-
way interaction (Fg4,=3.30, p=0.030, £=0.6, 17p2=0.32)
indicating that the effect of SNR on the prediction accuracy
of vowel recognition was entirely driven by the whispered-
target/whispered-distracter condition (see panel Cl1 in
Fig. 2).
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FIG. 2. The prediction mismatch for (A#) syllable, (B#) consonant, and
(C#) vowel recognition scores in RAU. The top panels show (1) the inter-
actions of vocal characteristics with SNR, and the bottom panels show (2)
the interaction between target voicing and distracter voicing. The black lines
and hatching are for the voiced target syllables and gray is for the
whispered-target syllables. Solid lines and hatching are for voiced-distracter
syllables and dashed lines and hatching are for whispered-distracter syl-
lables.

IV. DISCUSSION

Overall, voiced syllables were better recognized than
whispered syllables, and whispered distracters led to lower
recognition performance than voiced distracters. It would ap-
pear that the listeners could use voicing to reject a distracter
as well as to detect a target. However, the effect of voicing
for distracters was only present when the target was whis-
pered. Similarly, recognition of voiced syllables was well
predicted by the audibility model, whereas for whispered-
target syllables, recognition was lower than predicted, and
more so at low SNRs. The fact that whispered syllables were
less intelligible than voiced syllables corroborates previous
studies on the perception of whispered speech (Tartter, 1991,
1989).

The harmonic cancellation model suggests that the
benefit of voicing to recognition should be greater for the
distracter than the target. Thus, it was expected that there
would be an asymmetry in which listeners suffer more from
removal of voicing in the distracter than in the target. The
interaction of target and distracter in the vowel recognition
data of Fig. 2, panel C2, supports this prediction: The differ-
ence between the bars with solid-line hatching shows the
drop in recognition performance associated with the removal
of voicing in the target syllable, and the difference between
the gray bars shows the drop in recognition performance as-
sociated with the removal of voicing in the distracter syl-
lable. Since the difference between the bars with solid-line
hatching is smaller than the difference between the gray bars,
it could be argued that the results are compatible with the
cancellation model. However, it is also the case that the ef-
fect of removing voicing in the distracter is only pronounced
when the target itself is whispered. For voiced target syl-
lables, there is no significant effect of removing voicing in
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the distracter for any of the scores, possibly because there
was already a cue to the target voice provided by its reso-
nance scale. Vestergaard et al. (2009) previously showed that
when there is a sizable difference in VTL between the com-
peting voices, then the benefit of additional cues is dimin-
ished. Overall, while the data do not provide strong evidence
for the cancellation hypothesis, they do not rule it out.

V. CONCLUSION

The main conclusion is that listeners use voicing when-
ever it is present, either to detect the target speech or to reject
the distracter. This study also illustrates the importance of
controlling for the effects of audibility in experiments with
voiced and whispered speech. Direct interpretation of the
recognition scores in the top panels of Fig. 1 would lead to
an overestimation of the robustness of whispered speech.
When the effects of audibility are included, as in the bottom
panels of Fig. 1, the effect of voicing is observed to be con-
siderably smaller than when performance is presented as a
function of SNR. To wit, three of the four vocal conditions
contained voicing in either the target, the distracter, or both,
and they show comparable results once audibility has been
taken into account. By contrast, in the condition in which
both target and distracter were whispered, performance drops
off progressively with audibility, especially below an audi-
bility index of 0.5. In other words, audibility predicts the
identification of the target when one of the concurrent syl-
lables is voiced, but it leads to an overestimation of the
recognition of whispered syllables when the distracter is a
whispered syllable.
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On the use of leaky modes in open waveguides for the sound
propagation modeling in street canyons

Adrien Pelat,? Simon Félix, and Vincent Pagneux

LAUM, CNRS, Université du Maine, avenue Olivier Messiaen, 72085 Le Mans, France
(Received 30 January 2009; revised 11 September 2009; accepted 20 September 2009)

An urban, U-shaped, street canyon being considered as an open waveguide in which the sound may
propagate, one is interested in a multimodal approach to describe the sound propagation within. The
key point in such a multimodal formalism is the choice of the basis of local transversal modes on
which the acoustic field is decomposed. For a classical waveguide, with a simple and bounded
cross-section, a complete orthogonal basis can be analytically obtained. The case of an open
waveguide is more difficult, since no such a basis can be exhibited. However, an open resonator, as
displays, for example, the U-shaped cross-section of a street, presents resonant modes with complex
eigenfrequencies, owing to radiative losses. This work first presents how to numerically obtain these
modes. Results of the transverse problem are also compared with solutions obtained by the finite
element method with perfectly mathed layers. Then, examples are treated to show how these leaky
modes can be used as a basis for the modal decomposition of the sound field in a street canyon.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3259845]

PACS number(s): 43.20.Myv, 43.28.Js, 43.50.Vt [LLT]

I. INTRODUCTION

The aim of the present work is to solve the wave equa-
tion in a long open rectangular enclosure (Fig. 1). This open
waveguide is an idealized domain of propagation modeling a
street canyon. This idealized domain being a very simple
representation of a real street canyon, competitive effects
between guided waves (between street facades), and leaky
waves (through the opening on the sky) occurring along the
propagation can be more easily apprehended. In this paper, a
modal based method is proposed to describe acoustic propa-
gation in rectangular straight open waveguides with a par-
ticular attention paid to wave radiation in the free space
above. Then, in other future studies in the field of urban
acoustics, one could extend the principles of this method to
treat more realistic street geometries.

The investigation of sound propagation in urban envi-
ronments and streets has been the subject of extensive re-
searches in the past 4 decades, as the response to a growing
social demand.

After experimental observations in the 19605,1_3 the ear-
liest theoretical works on this topic were conducted in the
1970s. Davies,4 Lee and Davies,5 Stenackers et al.,(’ Lyon7
used image sources to study multiple sound reflections in a
street considered as a channel between two infinite walls.
Later, image source method has been improved considering
scattering at facade irregularities,8 diffusely reflecting
facades,” or coherent image sources.'” Other energetic ap-
proaches were also used in urban acoustics. Kamg11 devel-
oped a radiosity based model, Bradley12 used ray tracing
method, and Picaut" proposed a method based on a diffusion
equation governing sound particles propagation. These ener-
getic approaches give statistical description of sound fields in
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urban environments and are able to model more or less ac-
curately numerous phenomena occurring in streets. Since
these approaches assume high frequency hypothesis, they
cannot describe sound fields when the wavelength is in the
range of street width. Furthermore, computation costs
strongly increase for complex geometries or for three-
dimensional (3D) problems.

As pointed out by Lu'® and Walerian,"* interference ef-
fects are significant for relatively narrow street canyons.
Hence, wave methods present real interests for sound propa-
gation modeling. Bullen and Fricke,'>'® 30 years ago, stud-
ied the wave propagation in two-dimensional (2D) street us-
ing a modal approach, notably to model junctions of streets.
To solve the wave equation in a 2D street canyon, finite
element method (FEM) or boundary element method'” could
as well give solutions to the wave equation for realistic ge-
ometries, but the high computation costs restrict their use at
low frequencies or for 2D problems. The equivalent sources
approachlg*20 is field-based rather than ray-based, and appre-
hends the resonant behavior of a city canyon. In this ap-
proach, a set of equivalent sources is used to couple the free
half space above the canyon to the cavity inside the canyon.
The finite difference time domain (FDTD) method describes
the sound field in 2D even 3D problems21 and can model a
priori a very large number of phenomena. The parabolic
equation coupled with FDTD method can also be useful to
take into account meteorological effects.”” So, even if these
wave methods can model sound propagation in realistic situ-
ations, the necessary numerical resolution of the wave equa-
tion does not provide explicitly links between solution be-
haviors and domain geometry of the studied problem.

The aim of the present paper is to establish a multimodal
description of the wave propagation in a 3D street canyon,
regarded as a straight open waveguide.

In the classical case of closed waveguides having simple
and bounded cross-section, a complete orthogonal modal ba-

© 2009 Acoustical Society of America
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FIG. 1. A straight open waveguide as model of a street canyon.

sis {¢;} can be analytically obtained. The case of open
waveguides, as the one shown in Fig. 1, with a partially
bounded cross-section, is more difficult, since no such a ba-
sis can be exhibited. However, such a cross-section being
regarded as an open resonator also displays eigenmodes with
complex eigenfrequencies, owing to the radiation
losses.” %

In this paper, we propose to describe how the resonant
modes of the open cross-section of an open waveguide (Fig.
1) can be used to give a multimodal formulation of the sound
propagation in long open enclosures. A general method to
compute the resonant frequencies and mode shapes in the
transversal open cross-section of the duct is described. Re-
sults of the transverse problem are also compared with FEM
computations using perfectly matched layer (PML). Then,
the multimodal propagation in a straight open waveguide is
formulated and numerical examples are given and discussed.

Il. EIGENMODES OF THE TRANSVERSE
PROBLEM

A. Theory and formulation
The wave equation to solve is
1 &
e 12), 1
( C% P p (1)

with V2 the Laplacian operator, c, the wave speed, and p the
pressure. In a modal approach within a uniform waveguide,
elementary solutions for the pressure are written as

pilxy,2) =/ g (y,2), (2)
where k?=k>—a}, R{k}>0, 3{k}>0, k=w/c,, and (a;, ¢;)
are the eigensolutions of the transverse eigenproblem

Vig=-a’¢, 3)

with proper boundary conditions, in the cross-section of the
waveguide. Then, a solution in the waveguide can be built as
a sum on these elementary solutions [the time dependence
exp(—jwr) is omitted]:

P(x,y, 2, (1)) = 2 (aiejk[x + bie_jkix) ¢i(yvz) s (4)

i=1

with i=1 an integer number and the coefficients a; and b; are
found as functions of the boundary conditions defined at the
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FIG. 2. The cross-section of a street canyon seen as a 2D open rectangular
cavity.

waveguide extremities. The transverse modes of the open
waveguide shown in Fig. 1 are written as the solutions («, ¢)
of the eigenproblem (3) with boundary conditions

d.¢=0 ifz=0 and |y|>L/2, (5a)
d.¢=0 ifz=d and |y|<L/2, (5b)
dyp=0 ify=*L/2 and 0<z<d (5¢)

in the cross-section of the waveguide, regarded as a 2D rect-
angular cavity ), of width L and depth d, open on the semi-
infinite space (), (Fig. 2).

As we present below, the modes ¢,(y,z) can be found by
solving the continuity equation at the interface between (),
and (),. A similar problem, with elastic waves, has been
treated by Maradudin and Ryan.23 In their work, authors
have calculated the discrete frequencies of the elastic vibra-
tion modes of a 2D rectangular ridge fabricated from one
material that is bonded on the planar surface of a substrate of
a second material. In the following, part of the equations are
derived from this work to be adapted in the case of a fluid
resonant open cavity.

In the cavity (z=0), the general solution satisfying
boundary conditions can be written as a discrete sum of
functions,

(y,2=0)= 2 A, cos(B,(z— ), (y) (6)

n=0

with d the depth of the cavity, B2=a’~(nm/L)? with n=0 an
integer number and

¢n(y)=V’2_5no COS(%()’—%)), (7)

where 9, is the Kronecker symbol. Note that a finite imped-
ance at the walls (absorbing material) could be considered
by, e.g., modifying expression (7), although it could result in
a less straightforward formulation. An alternative, then,
would be to solve the transverse problem using a FEM. This
would be also particularly adapted in the case of more com-
plex cavity shapes, modeling facades irregularities.

Above the cavity (z=0), the general solution is written
as the spatial Fourier transform
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+00

1 )
dy.z=0)= by B/ dq,, (8)

—00

where af: a’- aﬁ with R{a.} =0 and J{a }=0.

Continuity equations in the interface plane z=0, |y|
<L/2 are

(y.2=07) = p(y.2=07) )
and

d.p(y,2=0") = . p(y,z=07). (10)

A first relation between the {A,} and B is found by substitut-
ing Egs. (6) and (8) for ¢ in combined Egs. (5a) and (10):

I .
E An:Bn sin Bnd) ¢n(y) = .]2_ Baze'layydayv (1 1)
n=0 —o0
to find
Sy )
B=j2 A,B,sin(B,d) =" (12)
n=0 a,
where
L2 A
Sy(a) = by (y)e Y dy. (13)
-L2

A second relation is found by using the continuity equation

9):

2 A, cos(Bd) i (y) = zi f Be'*da,; (14)
) _»

n=0

whence it follows that
1
A,, cos(B,d) = —f BS* (ay)day, (15)
27T e m

where m=0 is an integer. Then, Egs. (12) and (15) lead to
the set of linear, homogeneous equations (16) for the {A,}:
Vm e IN,

A, co8(B,d) = j 2, T0,,(2) B,A, sin(B,d). (16)
n=0
where
1 f ) S;S"d 17
m=m) . e ay. (17)

It is easily shown that, for real Values of ay, 11, van-
ishes unless m and n have the same parlty Then Eq. (16)
breaks up into two sets of linear equations, one governing the
symmetrical eigenmodes (even functions of y with even val-
ues of m and n), and the other governing antisymmetrical
eigenmodes (odd functions of y with odd values of m and n).
The following equation gives a general expression of I1,,, for
both even or odd indices m and n:
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FIG. 3. (Color online) Spectrums of complex eigenvalues of the transverse
problem for two different values of the aspect ratio: (a) d/L=1.4; (b) d/L
=2. O: symmetric modes; X: antisymmetric modes; A: eigenvalues com-
puted with FEM.
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) = (- 1) omen2) S RO G

n
+00 2
><J %
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y L y
Xsinc )smc da,.  (18)

Finally, Eq. (16) can be written in the matrix form
DA=0, (19)

where the components of vector A are A,=A, sin(83,d) and
terms of matrix D are

Dmn(a) = COt(,Bmd) 5mn - memBn . (20)
Then, the eigenvalues of the transverse eigenproblem are the
values a; of a for which det(D)=0, and the eigenfunctions

¢; are given by the corresponding set of coefficients Aff),
satisfying Eq. (19) with D=D(«;).

B. Numerical resolution

After truncation of Eq. (19) at a finite-size matrix prob-
lem, zeros of the determinant of D are numerically located in
the complex a-plane to compute eigenvalues ¢; of the trans-
verse problem (Fig. 3).
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FIG. 4. Symmetric mode ¢, ;) (real part, imaginary part, and modulus). The
indices (2, 1) are chosen following an analogy with the classical eigenmodes
in a closed cavity with a Dirichlet condition ¢=0 on the upper boundary:
these indices denote the number of vertical and horizontal nodal lines.
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Owing to the radiation losses in the infinite space (),
(above the waveguide), eigenvalues are complex, lying in the
lower half—plane.S’B_25 The spectrum displays families of ei-
genvalues corresponding to either symmetric (blue circles O)
or antisymmetric modes (red crosses X). An analogy with
the classical, real, modes of the simple problem with a Di-
richlet condition (¢=0) at z=0 instead of the exact radiating
condition written in Sec. II A, allows us to label the complex
modes ¢,—at least the modes which eigenvalue is located
close enough to the real axis in the complex a-plane—with a
couple of integers denoting the number of vertical and hori-
zontal nodal lines (Fig. 4). Following this terminology, the
families displayed in Fig. 3 are the ¢y, ,) with p constant.

Figure 3 shows the spectrum of eigenvalues for two dif-
ferent values of the aspect ratio of the cavity: (a) d/L=1.4
and (b) d/L=2. The pattern in both plots is similar, exhibit-
ing the families of modes ¢, ;) with p constant. However, in
the “deeper” cavity, with the aspect ratio d/L=2, the con-
finement of the modes is more important; thus, eigenvalues
a; have a smaller imaginary part than in the cavity with
aspect ratio 1.4.

For comparison, a finite element method is used to solve
the transverse eigenproblem (3). The semi-infinite space
above the cavity is bounded with PMLs, as used by Hein et
al.*® and Koch® in a similar problem (Fig. 5).

The results shown in this paper [Figs. 3(b) and 6] have
been obtained with parameters d'=L/2, I'=L, dpy=L/2,
and 7,=7,=1+; (see Appendix). A Dirichlet condition ¢=0
is imposed on the outer boundaries of the PML. Moreover, as
the geometry of the cross-section is symmetric about the z

I
dpmr :7 ~_PML
& ! |
1. : Y
|
41
|
|

7, _

FIG. 5. Geometry of the domain with PML in the FEM computations.
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axis, one-half only of the domain is meshed, with the appro-
priate symmetry or antisymmetry condition imposed at y=0.
Computations have been performed using the partial differ-
ential equation toolbox from MATLAB®.

The results of the two compared methods—the reso-
lution of Eq. (19) and the FEM—are in good agreement [Fig.
3(b)]. The discrepancy between the results increases for
larger values of the imaginary part J{«;}. However, eigenval-
ues that are less well-estimated are associated with modes
that will be strongly attenuated when propagated in the
waveguide. They are then of secondary importance when
considering the transport of energy on a sufficiently long
distance. Moreover, it will be shown in the following that the
contribution of these modes in the determination of the sets
of coefficients {a;} and {b;} is almost negligible.

A comparison between the eigenfunctions ¢; deduced
from the method detailed in Sec. I A and from the FEM
computation shows also a good agreement (Fig. 6). Both
methods give very similar results, even when the error on the
imaginary part of a; becomes more significant (Fig. 6, bot-
tom). The figure also clearly shows that low order modes
weakly “radiate” in the infinite space (),: the effect of the
opening of the waveguide appears as a small perturbation on
the classical, nonradiating, solutions that would be obtained
by applying a homogeneous Dirichlet condition at the top of
the waveguide (z=0). For higher order modes, however,
eigenfunctions ¢; differ more and more from the real, “Di-
richlet,” solutions. Patterns of nodal lines are more complex.
Consequently, the indexation with indices (p,q) become less
relevant, and the confinement, which was strong for low or-
der modes, becomes weaker, with the energy increasing near
the interface z=0.

Now that the transverse eigenmodes are determined,
they can be used to write a multimodal formulation of the
sound propagation within the open waveguide that displays a
street canyon.

lll. PROPAGATION ALONG THE STREET

As explained in Sec. I, the transverse modes ¢, are used,
for given source and radiation conditions at the ends of the
waveguide, to built a solution of the wave equation, as writ-
ten in Eq. (4).

Because the transverse eigenvalues «; are complex with
J{a;} <0, the propagation constants k; are also complex,
with J{k;} >0, even for real source frequency w. Then, all
the modes ¢; exp( = jk;x) in the waveguide decrease expo-
nentially while propagating, reflecting the radiation losses
during the propagation along the open waveguide. This cor-
responds to leaky modes.

Then, the two sets of coefficients {a;} and {b;} must be
found, as functions of the end conditions in the waveguide.
At the input end of the waveguide, a source condition is
defined as a given acoustic pressure distribution in a plane
x=const, with frequency . For example, at x=0:
p(0,y,z,w)=po(y,z)exp(—jwr). At the output end of the
waveguide is given a radiation condition.
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FIG. 6. Antisymmetric eigenfunctions ¢ ,), ¢ >0, and comparison with FEM computations. The PML domain is not shown in the FEM results.

A. Input condition

Let us call P,(x)=qa; exp(jkx)+b; exp(—jkx) the coeffi-
cients in the development in series (4). Since the modes ¢,
are not orthogonal, the initial field py(y,z, ) cannot be pro-
jected on the {¢,} as it is classically made to find the {P;(0)}.
Thus, after truncation at a finite number N of terms in the
development (4), a least squares method is thus used to find
these coefficients:

2868 J. Acoust. Soc. Am., Vol. 126, No. 6, December 2009

P(0)= (A) 5, (21)
where the ith component of P(0) is P,(0) and

AEJ¢) = (¢} b (22a)

P = (dilpo). (22b)

with the product
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<f|g>=fffgd9- (23)

Practically, we consider source conditions py(y,z,®)
with a compact support, included in €}, i.e., inside the street
canyon. Thus, for convenience when determining f’(O), we
consider, as the eigenfunctions ¢;, their restriction to the do-
main (), that is,

V(y.2) € {—g ﬂ x [0,d],

> AY cos(BO(d - 2)) (v, (24)

n=0

¢i(y.2)=
and the product (|) above is
d (L2
(flgr= f J fedydz. (25)
0 J-Ln

Note that in the case of real orthogonal modes, as in
classical closed waveguides, the least squares method gives
the usual projection coefficients P,,={¢,,|p).

B. Output condition

Let Q;(x)=jki(a; exp(jkx)—b; exp(—jkx)) be the coeffi-
cients in the development of the x-component of V}). One
assumes that at the output end of the waveguide, say, at x
=X.4, the condition is given as an admittance matrix Y .4
fulﬁlllng Q(xend): YendP(xend)~

Again, as for the formulation at the input end, and due to
the non-orthogonality of the eigenmodes, the matrix Y,q4, for
some complex end conditions, may not be straightforwardly
calculated. However, usual end conditions—rigid end, non-
radiating open end, anechoic termination—can be easily for-
mulated with this type of admittance matrix, generalization
for all modes of the usual admittance for the plane wave.”®

C. Solutions for {a;} and {b;}

Now that an input condition P(O) and an output condi-
tion Y, are known, the vectors @ and b of the {a;} and {b,}
in Eq. (4) can be calculated: >

a=(1-20"P0), (26)

- 8(1-8)'P(0), (27)

where 6=D(Yopq+Y,.) ' (Yera—Y.)D,, D; is diagonal with
terms D;;=exp(jkiXena), Y. is diagonal with terms Y= jk;.
Thus, with these solutions for @ and l;, the pressure field in
the open waveguide can be calculated. However, terms
exp(—jk;x) can be the source of numerical problems of con-
vergence. Then, defining b :DIll;, the pressure field is writ-
ten as

®) = X (@, + b et ™)) (1, 7). (28)

i=1

pPM(x,y,z,

This new formulation depends only on D;, not on Dfl, and
on exponentials with positive arguments x or L-x*
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FIG. 7. Top: Initial condition at abscissa x=0. The parameters of the three
Gaussian functions in Eq. (29) are (y;,z;,07)=(0.18L,0.42d,0.24),
(¥2,22,05)=(-0.30L,0.264,0.22), and (y3,z3,03)=(-0.14L,0.70d,0.24).
Bottom: Modal reconstruction of the initial condition p(y,z), using N=A\/
=30 modes.

IV. RESULTS

In the following, for simplicity, we will consider the
wave field downstream from a source in an infinite wave-
guide. Then, there are no back propagated waves: b;=0.

A. Input condition

The initial condition at x=0 is the pressure distribution
shown in Fig. 7 (left part) and given by

po(y.2) = E

P R U CEERRr (29)
k=1 OpN 277

where o, € R* and (y;,z) € [-L/2,L/2]X[0,d]. The asso-
ciated dimensionless frequency is kL/2w=1.2. This input
condition is chosen as a nontrivial solution for the modal
formulation. Moreover, it can be seen as a simple and gen-
eral way to describe several, spatially distributed, sources.

Then, the {a;} are found by substituting Eq. (29) for
po(y,z) in Egs. (21) and (22). The modal reconstruction is
shown in Fig. 7. Using a basis of N=/N'=30 modes [we recall
that N is the number of terms in the series (28) and A\ is the
size of the linear problem (21) in the least square estimation
of the {a;}, so that N=<N], the input pressure condition is
well reproduced with a residual error of 3.6%. This error is
due to the high order depth modes of the first families that
have deliberately not been considered in the modal basis
because of their weak of relevance in the propagation. Fur-
thermore, it will be shown in the following that omitting
these modes does not affect significantly the estimation of
the {a,} for the modes taken into account.

To evaluate the convergence of the method when in-
creasing the number N of modes taken into account in Eq.
(28), from a A'=30 modes basis, an error € is defined as

d (L2
[ 1o~ pipasa:
0 J-L12
= d L2 ’ (30)
['] twdpasa:
0 J-L2

where p™ is the modal solution obtained with N modes [Eq.
(28)], and p, the reference field. The modes are sorted by
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TABLE 1. Classification of the modes by increasing value of J{k;} at fre-
quency kL/2m=1.2.

Classification Couple (m,n)

Ist (1,0)

2nd (0,0)
3rd (2,0)
4th (1,1)
5th 2.1)
6th (0.1)
7th (1,2)
8th (2.2)
9th (0,2)
10th (1.3)

increasing value of the imaginary part of their propagation
constant k;, that is, from the least damped to the most
damped leaky mode propagating along the canyon (Table I).
This type of classification depends directly on each eigen-
value and the source frequency.

The convergence of the reconstruction of the initial con-
dition py(y,z) is shown in Fig. 8 (circles O). Naturally in
such a modal approach, depending on the source distribution,
each mode introduced in the computation contributes differ-
ently to the reconstruction of py(y,z).

B. Propagation within the waveguide

Assuming that the convergence is reached for N=30, the
field p®9(x,y,z, ) is now taken as the reference field to
compute an estimation error at abscissa x=10L (triangles A
in Fig. 8). The variability, depending on the initial condition
po(y,z), of the contributions of the modes to the convergence
is still visible, but, moreover, it clearly appears that only a
few modes—the less damped modes—still contribute to the
transport of energy at that distance from the “source.” Prac-
tically, sorting the modes as done in Table I is thus a good
choice to increase the convergence, as soon as one is inter-
ested by the wave field in the street canyon at a sufficient
distance from the source.

Figure 9 shows the field in the cross-section of the
waveguide at abscissa x=10L, L the width of the waveguide.
The left plot is obtained using Eq. (28) and N=30—the total
number of modes used to perform the least squares estima-
tion, while the right plot is obtained using only the first six

€ (%)

100 f a
S

60 &
A0F b

FIG. 8. Evolution of the error indicator € with the number of modes N taken
into account in the computation of the solution. O: the error is computed at
x=0, with € given in Eq. (30). A: the error is computed at x=10L, with
pBY(10L,y,z, w) as the reference field.
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Ip(10L, y, = P9 (10L, y, =

Wl ol

FIG. 9. Modal field at x=10L using N=30 modes (left) and N=6 modes
(right).

modes, with the ordering defined above. Both results are
very close: the relative error between them, defined as in Eq.
(30), is less than 0.35%.

Since only a few modes are necessary to describe the
field at certain distance from the source, it would be advan-
tageous to use a reduced modal basis in the computation.
Since modes are not orthogonal, the value of each modal
coefficient a; depends on the size of the “basis” used in the
least squares estimation. One shows, however, that this de-
pendency is rapidly weak, in particular, for the first modes,
that is, the less damped (Fig. 10). The notation alw) is used to
denote the number of modes N taken into account for the
least squares estimation of a;.

To evaluate the relevance of using a reduced modal ba-
sis, two modal solutions of the wave equation in the infinite
street canyon with the initial condition (29) at x=0 are com-
pared: the solution with N=A/=10, and the solution with N

|
1.05
1.00 W{BJH“
0.95
0.90
0.85
0.80
0.75
0.70

1.05
1.00
0.95
0.90
0.85
0.80
0.75

0.70
(b) 0 5 10 15 20 25 30 N

FIG. 10. Evolution of the modal coefficients a; (a) and a4 (b) with the
number of modes A used for the least squares estimation.
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FIG. 11. Relative error [as defined by Eq. (30)] between the modal solution
(28) with N=N=10 and the same modal solution with N=A'=30, as func-
tion of the distance from the source plane.

=/N=30. The relative error between these two solutions, as
defined in Eq. (30), is plotted in Fig. 11 as function of the
distance from the source plane.

Naturally, the source condition py(y,z) is badly recon-
structed with a limited number of modes, and the relative
error near the plane x=0 is thus significant. But it decreases
rapidly, to be under 1% after less than two widths. It follows
that the acoustic field, rapidly, is “carried” by a small number
of modes, the less damped modes, that are therefore well
confined and guided in the open geometry of the street can-
yon. This points out a double interest of the modal formula-
tion using leaky modes in a street canyon: first, as a physi-
cally relevant approach, describing the competitive effects of
confinement and radiation in such an open geometry, second,
as an efficient numerical method, since a few modes only is
used to accurately model the wave propagation in the wave-
guide.

V. CONCLUSIONS

The problem of sound propagation in an idealized urban
street canyon is solved using a multimodal formulation that
gives the acoustic field as a sum on the leaky modes of the
open waveguide that displays the canyon. The leaky modes
that naturally reflects the competitive effects of confinement
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and radiation of the wave in such partially bounded geom-
etries can be numerically determined. As these are complex
modes that decay exponentially while propagating, the num-
ber of modes that effectively carry the wave field (emitted by
some source in the waveguide) decreases rapidly, so that
only a few modes, at a sufficiently large distance from the
source, is necessary to accurately model the wave propaga-
tion. This gives this approach a real interest for numerical
computations, in addition to its interest as a physically mean-
ingful description of the street as a partially confining and
guiding medium for the acoustic waves. As a first step and to
clearly point out the principles and interests of our approach,
only a uniform open waveguide was considered in this paper.
Following, cross-section discontinuities, as model of the
junctions between buildings, can be considered by using
mode matching techniques.

APPENDIX: FORMULATION IN THE PERFECTLY
MATCHED LAYERS

PML are used as a to avoid non-physical reflections at
the boundaries of a necessarily finite domain in a numerical
computation. The method works as follows: the solution
¢(y,z) of the eigenproblem (3) above the cavity is analyti-
cally continued in the PML with respect to variables (y,z) to

complex variables (§,Zz). The extended solution ¢ satisfies

( - + i )&—o (A1)
&}'}«2 (922 -
Complex variables (¥,2) are now written as
y z
¥y = f 7,0"dy’,  i(z)= f 7.(2')dz’ (A2)
0 0
with R{r, }>0, J{7, }>0, and 7(y=!")=1, 7(z=d')=1

(Fig. 5). The results in this paper have been obtained with
n(y>1")=71(z>d")=1+j.
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The “smart foam” concept and design originate from the combination of the passive dissipation
capability of foam in the medium and high frequency ranges and the active absorption ability of
piezoelectric actuator (generally polyvinylidene fluoride) in the low frequency range. This results
into a passive/active absorption control device that can efficiently operate over a broad range of
frequencies. In this paper, a full three dimensional finite element model of smart foam is presented
including its experimental validation. The modeling tool uses quadratic poroelastic elements, as well
as elastic, fluid, and piezoelectric elements. The weak integral formulation of the different media
involved is presented with the associated coupling conditions. A simplified orthotropic model of
poroelastic media is presented. To validate the developed model, a prototype of a smart foam has
been realized and its passive absorption and radiation measured in an impedance tube and compared
to predictions. The experimental validation demonstrates the validity of the model. This modeling
tool constitutes a general platform to simulate and optimize various configurations of smart

foams. © 2009 Acoustical Society of America. [DOI: 10.1121/1.3238241]

PACS number(s): 43.20.Tb, 43.20.Jr, 43.38.Fx, 43.50.Ki [KVH]

I. INTRODUCTION

Improving low frequency absorption is an important
topic in acoustics. Passive materials generally provide ad-
equate absorption at medium and high frequencies whereas
active control is efficient to cancel low frequency sound
waves. Many devices combining sound absorbing passive
materials and active absorption properties have been studied.
One can distinguish between two main approaches. The first
approach consists in associating a passive porous layer with
an active surface separated from the rear face of the porous
layer by an air gap. There are here two different control
strategies. The first strategy imposes a zero pressure on the
back surface of the porous layer.l_7 The second strategy con-
sists in controlling the surface impedance of the active sur-
face in order to cancel the reflected sound wave.*'> These
two strategies have proved to be efficient for a broad fre-
quency range but result in a weight and space penalty that
may limit their application in industrial sectors such as aero-
space. Indeed, the actuators used for these strategies are of-
ten composed of a piezoceramic bonded on a metallic plate
or flat speaker that has a non-negligible weight and the air
gap between the actuator and the absorbing material has to
be almost 1 cm to enable the control. Moreover, the effi-
ciency is very low for frequencies below 500 Hz when a
piezoceramic is used as actuator. To overcome these limita-
tions, a second approach, called “adaptative foam” or “smart
foam,” consists in a control actuator [generally a piezoelec-
tric polyvinylidene fluoride (PVDF) membrane] directly em-
bedded in a foam layer'>™® (Fig. 1). Smart foams can be
used to reduce structural radiation or increase sound absorp-
tion. The general context of this work is the application of
smart foams to sound absorption.
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Only few models have been developed to describe the
complex acoustical and structural behaviors of smart foams.
Mathur et al.” proposed a two dimensional (2D) finite ele-
ment model able to couple poroelastic, acoustic, elastic, and
piezoelectric media. In their model, the piezoelectric media
were modeled with a linear plate element with only one di-
rection of strain. They did not experimentally validate their
model. Akl er al.”® developed a 2D model for poroelastic
media in order to more easily couple elastic and piezoelectric
plates to the foam. They developed a new type of smart foam
by replacing the PVDF film with piezoelectric fiber modeled
in one dimension. All the above models use a displacement
based (u, U) formulation for the porous media. The displace-
ment based formulation (u«,U) is computational and space
memory consuming because it describes the behavior of the
solid and the fluid phase using three degrees of freedom
(DOFs) of displacement (translation) for each phase. The
previous models use only linear elements in the finite ele-
ment method implementation, which involves the need of
very high mesh discretization in order to achieve the conver-
gence of the model. Moreover, the piezoelectric modeling is
limited to one direction of strain, which is erroneous for a
PVDF film. In addition, no experimental validation has been
directly conducted for the smart foam model in a radiation
configuration.

In this paper, a full three dimensional (3D) finite element
modeling tool for smart foam is presented. The model pre-
dicts acoustical and structural behaviors of coupled media
such as piezoelectric, elastic, poroelastic, and fluid. The
modeling of the poroelastic media uses the enhanced mixed
pressure-displacement (u,p) formulation proposed by Atalla
et al.,”"** where the solid phase is described by three DOFs
of displacement (translation) and the fluid phase is described
by a DOF of pressure. This formulation is less time-space
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FIG. 1. (Color online) Principe of smart foam for absorption.

consuming than the (u, U) formulation because it enables the
gain of two DOFs by node, and couples easily with elastic
and acoustic media. The modeling of the piezoelectric media
has been developed in three dimensions using the equations
proposed by Tiersten.”> 2D piezoelectric and elastic plate
elements have been also developed. The numerical imple-
mentation uses quadratic elements with 20 nodes for volume
elements and 8 nodes for surface elements. Various types of
loads (point forces, surface forces, and electric potentials) are
included in the model.

The presented formulation makes it possible to calculate
in local and global scale classical physical indicators, such as
spatially averaged quadratic sound pressures and velocities,
dissipated power and power exchange in the foam (input and
output powers), absorption coefficient, surface impedance,
and optimal actuator input in active control. This will help
making judicious choices for the optimization of smart
foams. However, since this paper is mainly concerned with
the presentation and validation of the developed formulation,
only local indicators such as acoustic pressure and structural
displacement and global indicator such as absorption are pre-
sented and compared with experimental measurements.
Moreover, the validation focuses on the acoustical and struc-
tural behaviors of the coupled smart foam structure without
control.

The governing equations of individual domains, as well
as coupling conditions, are first presented. The experimental
validation is then presented using a prototype realized with a
PVDF film bonded onto a melamine foam having a half cyl-
inder shape. The smart foam is backed by a small cavity and
radiates in an impedance tube. Passive absorption, radiated
sound pressure, and displacement of the foam and the PVDF
are presented. Finally, a short numerical example of two
smart foam configurations in absorption control situation is
presented and analyzed in order to illustrate their control
mechanisms.

Il. GOVERNING EQUATIONS OF A SMART FOAM

The modeling of adaptive foams is particularly difficult
because it involves coupling phenomena relating materials
having very different behaviors. The use of numerical meth-
ods, such as the finite element method, is then incontourn-
able for the modeling of complex geometrical structures us-
ing hybrid active/passive materials.
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FIG. 2. (Color online) Schematics of the smart foam.

The finite element method is a computational technique
for obtaining approximate solutions to the partial differential
equations. The finite element method utilizes a variational
problem that involves an integral of the differential equation
over the problem domain. This domain is divided into a
number of subdomains called finite elements, and the solu-
tion of the partial differential equation is approximated by a
simpler polynomial function on each element. The varia-
tional integral is evaluated as a sum of contributions from
each finite element. The main method to obtain the varia-
tional problem is the Galerkin method. In order to construct
a symmetric variational form the second derivative term is
integrated by part and the integral system reduces in a lower
degree system. The resulting equation is called the weak in-
tegral equation and constitutes the base of the finite element
method implementation. In this paper, the weak integral
equation has been directly obtained using the principle of
virtual work: For any virtual displacement, the sum of the
virtual work of the external forces, strain forces, and inertial
force must be zero.

Although the equations and the model presented in this
paper are general, a simple configuration of smart foam,
making it possible to highlight all the involved phenomena,
is used here (Fig. 2). The configuration is made up of a half
cylinder of melamine foam covered with a PVDF film. The
curved shape of the PVDF ensures coupling of in-plane dis-
placement of the film with its efficiently radiating radial dis-
placement.

The general situation of a smart foam involves elastic,
poroelastic, piezoelectric, and acoustic domains coupled by
connecting surfaces (Fig. 3).

The weak integral formulation for these domains and
their relatives’ coupling equations are presented in this sec-
tion. The weak integrals of the piezoelectric and elastic do-
mains are given in two dimensions and three dimensions.

A. Poroelastic domain

A poroelastic medium is an elastic solid (often called
matrix) permeated by an interconnected network of pores
filled with a viscous fluid. Usually, both the solid matrix and
the pore network are assumed to be continuous, so as to form
two interpenetrating continua such as in a sponge. Within the
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framework of the Biot theory, three waves simultaneously
propagate in a poroelastic medium: a shear or transverse
wave, and two types of longitudinal or compressional waves,
which Biot*** called type I and type II waves. The trans-
verse and type I (or fast) longitudinal waves are similar to
the transverse and longitudinal waves in an elastic solid, re-
spectively. The slow compressional wave (also known as Bi-
ot’s slow wave) is specific to poroelastic materials.

Within the Johnson—Allard—Champoux formulation,26 a

/Q (e} (H]{e}d0

~
work of internal strain forces on the solid part

{Vép}' {Vp}dQ

2
+ [ =
Qp W7P22

—
work of inertial forces on the fluid part

- / 25((Vp)" {u}) a2

J/

—~
inertial coupling work between solid and fluid part

- ¢(

59

U, — up)dp dT -

/

TV
work of external forces on the fluid part

The unknowns for the poroelastic domain are the solid
phase displacement field u and the fluid phase pressure field
p. 6u and Jp are two admissible variations of the solid phase
displacement field and fluid phase pressure field, respec-
tively. The poroelastic domain and its boundary are denoted
by Q, and &), w is the angular frequency. n is the unit
normal vector outwards of the surface &2,. The subscript n
denotes the normal component of a vector. U, and u,, are the
normal macroscopic displacements of the fluid phase and the
solid phase on &), respectively. {e} is the strain vector of
the solid phase. {¢”} is the total stress vector of the material
and {0}, =0’ n represents the external surface forces per unit
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poroelastic medium is characterized by its porosity (¢), its
flow resistivity (o), its tortuosity («a..), and two characteristic
lengths [viscous (A) and thermal (A’)], as well as the prop-
erties of its constituents (solid matrix and saturating fluid).
Assuming isotropy, the solid matrix is characterized by the
mass density of the solid matrix (p), Young’s modulus (E),
the Poisson coefficient (v), and the structural loss factor (7).
The fluid is characterized by its density (p,) and speed of
sound. These 11 parameters constitute the Biot parameters
for an isotropic poroelastic medium. A precise mathematical
description of these parameters is given by Allard.”’

The enhanced weak integral formulation for the mixed
(u,p) poroelastic equations proposed by Atalla er al.?? is
used here. This formulation allows for a direct coupling be-
tween elastic, poroelastic, and piezoelectric materials; i.e.,
the sum of the surface integral of the poroelastic media and
the coupling media is equal to zero. For the coupling with
acoustical media, the sum of the surface integral of the
acoustical and poroelastic media reduces to the classical
fluid-structure coupling surface integral. The weak varia-
tional formulation applied to a poroelastic domain (), in the
frequency domain results in the following equation:

- B upan

P
-

~
work of inertial forces on the solid part

/ —5p pdS)
Qp

work of internal compress1onal forces on the fluid part

Q

0

J/

.y
elastic coupling work between the solid and fluid part

[ @t =0 v, o
Jsa,

S/

(1)

~
work of external forces on the elastic part

area along the normal direction on &(),. The tilde symbol is
used to indicate that a quantity is complex. [H] is the stiff-
ness matrix of the solid phase. Q is an elastic coupling co-
efficient between the solid and fluid phases. R is the bulk
modulus of the air occupying a fraction ¢ of the volume of
the material. p and p,, are the effective densities of the solid
phase and the fluid phase, respectively. @ is the dynamic
tortuosity. The expressions of é, ﬁ, D, E;, and & are given in
Refs. 21 and 22.

The last two terms in the left hand side of Eq. (1) ex-
press the external loads on the poroelastic domain. In the
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case of an imposed pressure field p' applied on &, the
continuity of normal stress leads to

{o}=-p'n,
and the surface integrals of Eq. (1) simplify to

p=r, (2)

- J d)( Un - un) 5pdr - f {5M}T{Oj}ndr
o, o,

= f P ou,dl. (3)
80

D

The condition p=p’ has to be explicitly applied in addition to
integral (3). In a finite element implementation, this is done
through assembling. The case of an imposed point force can
be easily deduced from this general case.

In the case of an imposed displacement field {u}’ applied
on &), the continuity of the normal displacement between
the solid phase and fluid phase and the continuity between
the imposed displacement vector and the solid phase dis-
placement vector impose

¢(Un - un) =0, {M} = {u}is (4)

and the surface integrals of Eq. (1) simplify to

- f (U, — 1) pdT’ f (8ol =0, (5)
a0, a0,

This condition is natural and only the kinematic condition
{u}={u} has to be explicitly applied.

Depending on the used model, matrix [ITI] can be written
in the isotropic or orthotropic form.

Mechanical properties of melamine foams are known to
be direction dependent.28 Because of the manufacturing pro-
cess, several foams are not isotropic; there is a difference
between the Biot properties in the rise direction and the other
two directions. Anisotropy of the acoustical properties (flow

[ a wjpo{vap}?{vp} 0 - [

-

J PoCy

resistivity and tortuosity) is small and negligible.29 Orthot-
ropy is assumed here and is limited to the mechanical prop-
erties. The proposed orthotropy model has been found to
better capture the mechanical behavior of the foam. The as-
sociated flexibility matrix is presented as follows for the sake
of clarity:

[A]™" = 1/(1 +i7)

VVE, -wyE -vJE, 0O 0 0
-vJE, VUE, -vwJE, 0 0 0
| T elEe — v JE. VE, 0 0
0 0 /G, 0 0
0 0 0 0 G, 0

0 0 0 0 0 1/G,

(6)

where E; is Young’s modulus in the ith direction, G;; is the
shear modulus in the ij plane, and v;; is the Poisson ratio
expressing the strain in the jth direction due to a stress in the
ith direction. The factor (1+i7) is introduced to take into
account structural damping, where 7 is the structural loss
factor in the frequency domain. The v;; satisfy the following
equation:

(7)

JE
Sl

1

It is assumed here that the shear moduli G,,, G,., and

xy» Fxzo

G,, take a form similar to the isotropic case
E.
Gi=———. 8
v 2(1 + Vij) ( )

B. Acoustic domain

The weak integral of an acoustic fluid domain is?

Q, Wwipo  On

1 1 0

~

W
work of inertial forces

where p is the unknown acoustic pressure and Jp is the ad-
missible variation of the pressure field p, p, is the density of
the fluid medium, and ¢, is the speed of sound in the fluid.
Q, and 6Q,, refer to the acoustic domain and its boundary. n
is the outward unit normal vector of the surface &,.

The last term in the left hand side of Eq. (9) represents
the action of an imposed pressure field p’ applied on 8Q,. In
this case, the continuity of pressure imposes p=p', such that
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vV
work of compressional forces

WV
work of external forces

14

spLar =o. (10)

2
0, WPy~ In

Only the condition p=p’ has to be explicitly applied.
In the case of an imposed displacement field {u}’ applied
on &), the continuity of displacement imposes
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———=ul, (11)

and the surface integral of Eq. (9) simplifies to

1 ap
——op—dl'= Spu,dl. (12)
2

50, WPy~ In 50

a

C. Piezoelectric domain

1. Weak integral for the piezoelectric domain in three
dimensions

The weak integral for a piezoelectric solid can be de-
duced from the Hamilton principle applied to linear piezo-
electric media,”*?'?? and is presented here in the frequency
domain as

[ weymey aa - [ gt (o fupae

Vo
work of internal strain forces

= / o} (e {E} + {0} [el{e} + {0B} [e{E}] dQ

Qi

Vv
work of inertial forces

>

A
work of internal piezoeletric and dielectric forces

~

-
work of external elastic forces

where (); refers to the piezoelectric domain and & to its
boundary. Sg is the charge imposition surface. ® is the elec-
tric potential and {E} is the electric field vector given by
{E}={V®}. {D} is the electric charge density displacement
vector. [ ;] is the dielectric matrix and [¢e] is the piezoelectric
matrix. {0}, =0 n represents the external surface forces per
unit area along the normal direction. {€} is the strain vector.
[H] is the stiffness matrix. p,; is the density of the piezoelec-
tric media.

2. Weak integral for the piezoelectric domain in two
dimensions

The PVDFs used for smart foam applications are gener-
ally thin (of the order of tens of microns). To be efficient in
terms of radiation, the PVDF surface has to be quite large
and curved. It is therefore not realistic to model the PVDF
with solid finite elements. Such an approach would result in
(i) a very large elemental aspect ratio that results in a degra-
dation of the numerical results and (ii) a very large number
of DOFs. In this paper, the thin plate hypothesis is used to
model the thin piezoelectric materials present in smart foam.
The curvature of the PVDF structure is approximated using
flat elements.

Within the framework of Mindlin’s plate theory, and as-
suming small thickness in the z direction, the displacement

field {u} can be written> as

u(x,y,z) u(x,y) Bs
v(x,y,2) (=yolxy) (+29B, (- (14)
w(x,y,2) w(x,y) 0
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_ /m.{&L}T{a}n i + L@&@{D}T{n}dr — 0 V(6u,80) 1)

Vv
work of external electric forces

The thin plate theory utilizes five kinematic variables:
the in-plane displacements u and v in the reference plane z
=0, the transverse displacement w, and the rotations 83, and
By-

The strain field is divided into in-plane, bending, and
shear deformations. It can be written as

{et={e.} +2{x}, (15)
where

<8> = <8x’8y528xy>7 (16)

(&) = (U0 Uy + U ), (17)

<X> = <Bx,x’ ﬁy,ys Bx,y + ﬂy,x>’ (18)

where (g,,) is the in-plane strain field of in-plane type, z(x) is
the bending strain field, and (x) is the curvature vector. The
shear strain is

N =(BetwuBy+wy). (19)

In order to use this plate element in 3D problems, a
drilling DOF of rotation is added.”

As for the electric conditions for thin plate, it is assumed
that the electric field E is applied across the plate thickness.
It will be written E, as follows:

]
E, = ;, (20)

where £ is the thickness and ® is the electrical potential.
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The electrical variable of the problem is the potential ®.
The electrical equations also use the surface electric charges
o={D}n}. In the plate theory, the electrical displacement
becomes a scalar, noted D,. The dielectric permittivity matrix
[€,] reduces to the component of the permittivity along the z
axis €33. The matrix of the piezoelectric coupling coefficients
[e] becomes a column vector

€3]
{ef=Vexn (- (21)
0

The weak integral for the piezoelectricmedia in two di-
mensions becomes

- / {Su) pI}{u}dS

-

-

W
work of the inertial forces

+ fs[ iéem}T[Hm]{sm]: +

-~
work of the in-plane elastic forces

O} [H{x}  +
————

work of the bending elastic forces

{0V} 1HH{y}  1dS
————

work of the shearing elastic forces

— [ e e} Bu + 6Eufe (o} + 0BucaaEl] hd
S

(NG

J/

~
work of the piezoelectric and dielectric forces

_ /S ()" (ohas -+

e
work of the elastic external forces

where S is the piezoelectric media surface and Sg is the
surface over which the electric charge is imposed.

The matrices [H,,], [Hy], and [H,] represent the in-plane
stiffness matrix, the bending stiffness matrix, and the shear-
ing stiffness matrix, respectively.

1 v 0
E v 1 0
H 2 =h—— , 23
[l‘)‘l] 1—]/2 1—]} ( )
00
2
1 v 0
W E |v1 0
H]=——— , 24
LA 121-172 1-v 24)
00
2
5 E |10
H]=>h ) 25
L] 6 2(1+V){0 1} (25)

The coefficient 5/6 in Eq. (25) is the shear correction
coefficient. Finally, [pl] is a diagonal matrix defined by
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/ 5D, dS = 0 V(6u,5P) (22)
Se

work of the electrical external forces

o=l o 0 e, | 26)
12
pyilt’
o 0o o o &%
12

D. Elastic domain

In the context of smart foams, elastic domains can be
used to represent solid inclusions, impervious layers, and
membranes in the poroelastic domain, or bonding (glue) lay-
ers between the foam and PVDF. The weak integrals for
elastic domains in three dimensions and two dimensions are
classical. They can be viewed here as particular cases of the
piezoelectric domain and can be obtained by fixing the di-
electric and piezoelectric constants and the electrical poten-
tial to 0.

The weak integral for a 3D elastic media is*

f {e(an} [He}dw - f pew{duf{u}dw
) (

Q, )
- J {6u}{ca},dl =0, ¥V (du), (27)
me

where (), and &, refer to the elastic domain and its bound-
ary. p, is the density of the elastic media. [H] is the stiffness
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matrix and {e} is the strain vector. {c},=0n represents the
external surface forces along the normal direction.

By analogy with the 2D piezoelectric case, Eq. (22), the
weak integral for a 2D elastic domain becomes

f ({06} [H, Hewt + {0} [HHx} + {6y} [H K Hds
N

- f w*{u} TpIHu}ds - f {6u}{a},ds
N N

=0, V(&u), (28)

where S is the elastic media surface.

The terms [H,,], [Hy], [H.], {e,}, {x}. {7}, and {0}, are
similar to those given for the piezoelectric media.

lll. COUPLING CONDITIONS

In addition to the above governing equations for the in-
dividual domains of a smart foam, various coupling condi-
tions between these domains have to be imposed. They are of
three types: (i) poroelastic-acoustic, (ii) poroelastic-
structural, and (iii) structural-acoustic. Here, structural de-
notes both elastic and piezoelectric domains. The details of
the coupling conditions are given by Debergue et al.** Here,
in accordance with the presented experimental validation
case and for the sake of conciseness, only poroelastic-
piezoelectric (poroelastic-structural) coupling conditions are
presented.

When a poroelastic material is bonded to an elastic or
piezoelectric domain, the three following conditions have to
be respected. The first equation ensures continuity of the
total normal stress. The second expresses the fact that the
relative mass flux between the solid and fluid phases across
the interface is null. The third equation expresses the conti-
nuity of the solid displacement vector.

{O-;;}n = {U-e}nv
(ZS(UH - un) =0,

{up} =A{u.}, (29)

where {o,}, represents the stress normal tensor of the elastic
(piezoelectric) domain. Introducing these equations in the
weak integral formulations of poroelastic [Eq. (1)] and pi-
ezoelectric [Egs. (13) and (22)] or elastic [Egs. (27) and (28)]
domains, the following condition is obtained:

_ f (U = ) OpdS - f (0}t dS
a0, 50,

'ps

o qsariaas=o. (30)
o)

ps

where &), is the contact surface between the poroelastic
and structural domains. Thus, the coupling between the elas-
tic and the poroelastic domains is natural. In a finite element
implementation, no additional surface integral term has to be
added to the volume integral terms on the interface. Only the
kinematic condition {u,}={u,} has to be explicitly imposed
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on the contact surface. This condition will be automatically
accounted for in the assembling process.

IV. FINITE ELEMENT IMPLEMENTATION

Using the presented formulations, poroelastic, elastic,
fluid, and piezoelectric quadratic elements have been devel-
oped. The poroelastic element is a 20 node element (Hexa20)
based on an orthotropic definition of the solid phase. The
element has 4 DOFs per node: 3 translations and 1 pressure
resulting in an 80 DOF poroelastic element. The fluid ele-
ment is a classical Hexa20 with one pressure DOF per node.
Two isotropic elastic elements were developed. The first is a
solid quadratic element based on the Hexa20 shape func-
tions. It has three DOFs per node (three translations). The
second is an eight node plate element (Quad8) with six
DOFs per node (three translations and three rotations). Fi-
nally, Hexa20 volume and QuadS8 surface piezoelectric ele-
ments have been implemented. The implementation assumes
isotropic behavior for the piezoelectric medium. The volume
element has four DOFs per node (three translations and one
electrical potential) while the piezoelectric surface element
has seven DOFs per node (three translations, 2=>3 rotations,
and one electrical potential).

For the sake of conciseness and to highlight some
subtleties in the numerical implementation, the description is
limited here to the global coupled system of equations. All
the mathematical developments are given in Leroy’s Ph.D.
thesis.”

The global coupled system has the following form:

(acl [¢] 164 6] o | [twad)
(c” o] 0 o0 1] | |{vw
[Cfs]T 0 [Ela] 0 [C] 9 {Ugi} (
. o o [l | | (s
o [L Cc M] O LN

r 3
{Fact
{Fpo}
=9 {Feu} (. (31)
{Fpi}
(1)

where [Ac], [Po], [Ela], and [Pi] are the system matrix of
acoustic, poroelastic, elastic, and piezoelectric domains, re-
spectively. [Cg] are the coupling fluid-structure matrices
(acoustic-poroelastic, acoustic-piezoelectric, and acoustic-
elastic). The Lagrange multiplier method is used to account
for pressure discontinuity at a foam-plate (elastic and
piezoelectric)-foam interface. The constraint is imposed as
[LCMKu}={h} where [LCM] is the Lagrange constraint ma-
trix and {h} is the expression of the constraint related to the
Lagrange matrix and the DOFs {u}. The Lagrange multiplier
vector is noted {\}. {Ux.}, {Upo}» {Ugl}, and {Up;} represent
the vectors of the unknown DOFs of acoustic, poroelastic,
elastic, and piezoelectric domains, respectively. {F.}, {Fpo},
{Fgp}, and {Fp;} denote the load vectors applied to acoustic,
poroelastic, elastic, and piezoelectric domains, respectively.
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FIG. 4. (Color online) Active cell with smart foam.

The boundary conditions are of three types: (i) fixed
displacement, (ii) fixed pressure, and (iii) fixed electrical po-
tential. These variables can be fixed either to zero or to an
imposed value. In the latter case the boundary condition can
be interpreted as excitation. For example, imposing the elec-
trical potential on the PVDF surface will induce a strain of
the PVDFE. The imposition of the displacement on a surface
can also be imposed in order to create a source. The impo-
sition of the pressure on a poroelastic surface is more deli-
cate and requires the addition of an external load vector on
the solid part of poroelastic (3). All imposed DOFs are
implemented using the partitioning method.™

V. EXPERIMENTAL VALIDATION
A. Methodology

Again for the sake of conciseness, the numerical and
experimental validations of the individual elements, using
existing codes and published data, are not presented. Instead,
the paper will concentrate on validating the presented model
versus experimental measurement in the simple smart foam
configuration presented in Fig. 2. The PVDF is bonded on
the foam and mounted in a small cavity (interior dimensions:
height, 55 mm; width, 85 mm; and depth, 110 mm) equipped
with electric connections in order to feed the PVDF. Plexi-
glass flanges are used to ensure tightness between the foam
and the back cavity. The smart foam and the cavity form a
so-called active cell (Fig. 4). The back cavity setup has been
chosen to facilitate the pressure measurement and the com-
parison with the numerical model.

The passive absorption and the radiation of the cell are
measured in an impedance tube (Fig. 5) with a cut off fre-

FIG. 5. (Color online) Measurement tube in the radiation configuration.
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FIG. 6. (Color online) Closed waveguide for active absorption experiments,
with microphone positions on the tube.

quency of 2200 Hz. The frequency range of interest is 100-
1500 Hz. The tube can be used in a radiation measurement
configuration by closing the end of the tube with a plexiglass
plate. 100 V are then applied to the PVDF. As the plexiglass
plate is transparent, it enables the measurement of the normal
velocity of the foam surface using a Doppler laser vibrome-
ter. However, since the melamine foam is highly porous, the
laser beam penetrates in the foam. To prevent this phenom-
enon, a light reflector (a drop of liquid paper) is put on the
foam surface at the measurement position. The measurement
of velocity of the PVDF surface center is done the same way.
The acoustic pressures at the end of the tube opposite to the
smart foam and in the back cavity of the cell are also mea-
sured.

The tube can be also used in a sound absorption mea-
surement configuration by adding a loudspeaker at the end
opposite to the active cell (Fig. 6). The absorption measure-
ment of the smart foam is done using the Chung and Blaser
method® with several microphone pairs in the tube (Fig. 6).
Four microphone pairs (1-2, 2-3, 3-4, and 4-5) are used and
the absorption coefficient values are averaged depending on
the validity frequency range of the pairs. This measurement
gives information on the passive behavior of the cell.

Since the melamine is highly porous, its surface was
conditioned with a heat-reactivatable membrane before the
PVDF was bonded onto it using a double-sided tape. This
method allows for a durable and controlled bonding. How-
ever, the bonding layer significantly adds mass and stiffness
to the PVDF film. This has been accounted for in the finite
element model as an elastic layer.

B. Numerical model

The mesh is based on a maximum frequency of 1500
Hz. At this frequency, the wavelength of the acoustic wave in
the fluid is 23 cm. The size of the fluid element in the tube is
equal to 3 cm, which corresponds to more than seven qua-
dratic elements per wavelength. Closer to the foam surface
(10 cm from the foam surface) and in the back cavity, the
size of the fluid element is reduced to 0.7 cm in order to take
account of the local effect of evanescent waves. Using the
smallest Young’s modulus of the three orthotropic directions
of the foam, the wavelengths of the slow and fast compres-
sional waves at 1500 Hz are found equal to 7.5 and 14.5 cm,
respectively. The wavelength of the shear wave propagating
in the solid phase is equal to 3 cm. Based on six elements per
smallest wavelength, the average size of the poroelastic ele-
ment has been chosen equal to 0.5 cm. The calculation of the
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TABLE I. Structural and acoustical parameters of the melamine foam.

Parameters Name Value Units
b Porosity 0,96 SU
o Resistivity 15 300 Nsm™
., Tortuosity 1,02 SU
A Viscous characteristic length 105 % 107° m
A’ Thermic characteristic length 205 107° m

p Mass density 9 kg m?
Ex Young’s modulus in x direction 400 000 N m™
Ey Young’s modulus in y direction 180 000 N m™
Ez Young’s modulus in z direction 55000 N m™
Vyy Poisson ratio 0,4 SU
vy, Poisson ratio 0,4 SU
vy, Poisson ratio 0.4 SU
n Structural damping 0,1 SU

wavelength in the piezoelectric shell coupled with the bond-
ing layer and the foam is more delicate since the stiffness
added by the bonding layer and the foam considerably
changes the behavior of the piezoelectric shell. The compres-
sional wavelength in the piezoelectric shell alone is greater
than 110 cm, and the shear wavelength is around 0.8 cm.
These values would impose a very small element size
(around 0.2 cm) for the piezoelectric plate elements, thus
resulting in a very large number of DOF. In provision of the
stiffness added by the bonding layer and the foam and for the
sake of a compatible mesh between the shell and the foam,
the piezoelectric shell element size has been chosen equal to
0.5 cm. A convergence analysis has been conduced to verify
that the chosen mesh size was acceptable.

Using these elements, the final model is composed of
18 121 nodes, 480 porous elements, 128 piezoelectric ele-
ments, 128 bonding elements, and 3072 fluid elements with a
total of 28 390 DOFs.

C. Smart foam parameters

The physical properties of the melamine foam have been
measured” and are given in Table I. The measurement re-
vealed that the melamine foam was anisotropic. It was, how-
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FIG. 7. (Color online) Acoustic pressure in the back cavity of the cell, for
100 V applied to the smart foam.
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FIG. 8. (Color online) Acoustic pressure at the rigid end of the tube, for 100
V applied to the smart foam.

ever, assumed that the foam anisotropy affects only the elas-
tic parameters (Young’s modulus and Poisson ratio). The
acoustic parameters (flow resistivity, porosity, tortuosity, and
viscous and thermic characteristic lengths) are assumed the
same for all three directions.”®* Young’s moduli for the
three directions have been obtained by measuring the absorp-
tion coefficients of a cubic foam sample oriented along the
orthotropic directions. The three Young’s moduli have then
been adjusted in order to fit the resonance peak of the ab-
sorption coefficient given by a commercial code with the
measured resonance peak of the absorption. Special care was
given to the mounting of the foam in the tube since it is
known to affect the absorption resonance (a controlled air
gap was left around the foam lateral surface).

The used PVDF films have 28 um thickness and Cu—Ni
electrodes. They are made by Measurement Specialties, Inc.
Their properties were taken from published data.”’ They are
given in Table II.

The foam-PVDF bonding layer is modeled as an isotro-
pic plate. The properties of this layer (Young’s modulus,
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FIG. 9. (Color online) Normal displacement of foam surface center, for 100
V applied to the smart foam.
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FIG. 10. (Color online) Normal displacement of PVDF surface center, for
100 V applied to the smart foam.

Poisson ratio, and structural loss factor) were identified using
a parameter study comparing numerical results and experi-
mental measurements of the radiated pressure from a smart
foam placed in a small rectangular cavity (interior dimen-
sions: height, 20 mm; width, 64 mm; and depth, 78 mm)
(Table III). These parameters have been found to have a neg-
ligible influence on the passive absorption of the smart foam.

D. Results and discussion

The results of prediction versus measurements are given
in Figs. 7-10 for the radiation configuration with the smart
foam excited with a 100 V input. Figures 7 and 8 show the
numerical and experimental results for the acoustic pressure
in the back cavity and at the rigid end of the tube, respec-
tively. Figures 9 and 10 show the numerical and experimen-
tal comparisons for the normal displacement of the center of
the foam surface and the center of the PVDF surface, respec-
tively. Figure 11 shows the experimental and calculated ab-
sorption coefficients for the passive absorption configuration.
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FIG. 11. (Color online) Passive absorption.
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TABLE II. Elastic and electric parameters of the PVDF (Ref. 37).

Parameters Name Value Units

E Young’s modulus 5,4%10° N m™2

p Mass density 1780 kg m™?

n Structural damping 0,05 SU

v Poisson ratio 0,18 SU

t Thickness 28.107° m
Piezoelectric coupling coefficient

e3 in x direction 0,03 599 Cm™
Piezoelectric coupling coefficient

€3 in y direction 0,13 087 Cm™

Dielectric coefficient
£33 in z direction 1x1071° Fm™!

Concerning the radiated pressure generated by the cell,
the comparison of experimental and numerical data is excel-
lent (Figs. 7 and 8). The radiated pressure was the result of
the displacement of the entire surface; thus, the pressure av-
erages the error that can be locally done on displacement.
The pressure in the back cavity is constant up to 1250 Hz
(Fig. 7) where the second resonance mode of the foam-
PVDF system begins to affect the displacement field. The
influence of the tube resonances is also seen in Fig. 7. At the
other end of tube (Fig. 8), the radiated pressure is controlled
by the modal behavior of the tube. All the peaks correspond
to tube resonances. Note that the pressure level is around 100
dB, which is quite important. In the back cavity it is around
103 dB.

It is observed that the model follows very well the trends
in the measured displacement data (Figs. 9 and 10). How-
ever, there are few discrepancies. For the foam displacement,
the model seems to slightly overestimate the amplitude. The
peak of the experimental data is well represented by the nu-
merical model but it is located at a slightly higher frequency
(Fig. 9). For the PVDF displacement, the FE model predicts
very well the amplitude but does not fully capture the shape
of the peak (Fig. 10). However, this may be due to the un-
certainty on the measurement position.

In the passive absorption configuration, the measured
absorption coefficient of the smart foam is compared to pre-
dictions in Fig. 11. Overall the comparison is very good. The
main differences are observed at frequencies lower than 200
Hz and higher than 1000 Hz. At low frequency, possible
leaks in the tube may have disturbed the measurements.
Moreover, at this low frequency, the relative influence of the
other dissipation mechanisms in the tube (speaker suspen-
sion, join, wall, etc.) is important. At frequencies higher than
1000 Hz, the uncertainties on the microphone position be-
come important. Moreover, the modal behavior of the foam-
PVDF system is significant and affects the absorption. And
since the structural behavior above 1000 Hz is not perfectly
predicted by the model, the predicted absorption coefficient
is slightly different from measurement.

Despite the excellent performance of the presented
model, it is important to note three sources of uncertainties
that affect the predictions. The first is the uncertainty about
the parameters of the used materials. The most important
seems to be on the bonding parameters. These parameters
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TABLE III. Elastic parameters of the bonding.

Parameters Name Value Units
E Young modulus 1x10° N m™
p Mass density 1300 kg m™3
n Structural damping 0,1 SU
v Poisson ratio 0,4 SU
t Thickness 2x10™* m

have been approximated but an accurate characterization is
still needed. The PVDF properties, taken from literature, are
also a source of uncertainty. Another source is related to the
observed anisotropy of the foam and the assumptions made
to limit this anisotropy to its mechanical coefficients. The
orthotropic model of the foam has been found essential when
the geometry of the structure induces an important modal
coupling. The second category of uncertainty is about the
fabrication of the smart foam. The bonding is very difficult
to realize. As mentioned previously, the foam surface was
conditioned with a coating to allow for the bonding of the
PVDF using a double-sided tape. This bonding method is,
however, not perfect since microbubbles form between the
PVDF and foam making the bonding imperfect. The third
category of uncertainty is on the boundary conditions. At the
base of the PVDF, the PVDF is considered as perfectly em-
bedded in the jaws (clamped boundary condition). Consider-
ing the very small thickness of the PVDF (around 28 um)
and the fact that the PVDF stretches, the perfect embedment
is very hard to obtain. The most important boundary condi-
tion uncertainty is on the joining between the PVDF and the
flanges. The PVDF is bonded to the flanges with powerful
adhesive, and the tightness is assured by adding tape on the
joining. It is very hard to characterize this boundary condi-
tion. In the model, the translations of the PVDF were
blocked, which is only an approximation of the real bound-
ary condition.

VI. NUMERICAL EXAMPLE

To illustrate the possible use of the model, two different
smart foams are compared in an active control situation. The
first smart foam corresponds to the one used in the experi-
mental validation and will be named the “impervious smart
foam.” The second smart foam has the same shape but the
PVDF is permeable (perforated). It will be named the “per-
meable smart foam.” The smart foams are placed in a small
cavity fixed at the end of the impedance tube previously
described in the absorption configuration. The primary
source is modeled with a piston with a imposed displacement
of 1 um. The optimal filter, giving a perfect absorption, is
calculated using the source superposition method. The am-
plitude of the filter represents the ratio of the control voltage
to the incident pressure amplitude, and the phase represents
the angle between the control voltage and the displacement
of the air particles near the foam surface (Fig. 12). The dis-
placement of the PVDF is in phase with the applied voltage.
Figure 13 shows the power dissipated by viscous effects in
the foam and Fig. 14, the quadratic pressure in the tube, the
foam, and in the back cavity. These two last figures are pre-
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FIG. 12. (Color online) Optimal filter.

sented for a frequency of 25 Hz in order to represent the
behavior of the foam in the low frequency range with a small
influence of the phase change due to the propagation of the
wave within the foam. The dissipated power is calculated
using the formulations presented by Sgard et al*® They are
based on the breakdown of the power dissipated within a
foam in terms of power dissipated by structural, viscous,
thermal, and radiation effects. The expressions of these con-
tributions are well known for the (u,U) formulations.*® For
the (u,p) formulations, a simple derivation of the expression
of these powers was given by Sgard et al*® Recently, a for-
mal derivation was given by Dazel et al®

Figure 12 illustrates the action mode of the two smart
foams. First, the permeable smart foam needs a much higher
control voltage than the impervious smart foam to absorb the
same incident pressure. At 250 Hz the control voltage of the
permeable smart foam is 25 times more important. Second,

Viscous disipated
power (Watt)
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1e-13
FIG. 13. (Color online) Viscous dissipated power at 25 Hz in the smart

foams for an optimal control: (a) smart foam with an impervious PVDF and
(b) smart foam with a permeable PVDF (1/4 of the geometry is represented).
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FIG. 14. (Color online) Space averaged quadratic pressure at 25 Hz in the
system (tube, smart foam, and back cavity) for an optimal control: (a) smart
foam with an impervious PVDF and (b) smart foam with a permeable PVDF
(1/4 of the geometry is represented and the smart foam is separated from the
cavity and the tube for more visibility).

the phase of the optimal filter of the impervious smart foam
indicates that the PVDF displacement (voltage) is in phase
with the displacement of the air particles in front of the
foam. In this configuration, the smart foam adapts its surface
impedance to the characteristic impedance of air. At the op-
posite, the phase of the optimal filter of the permeable smart
foam indicates that the displacement of the PVDF and the
foam is approximately out of phase with the displacement of
the air particles in front of the foam surface. The smart foam
maximizes the viscous dissipation in the foam. This observa-
tion is confirmed in Fig. 13 showing the power dissipated
within the foam by viscous effects for the two configurations
at low frequency. This figure shows that the viscous dissi-
pated power is much more important in the case of the per-
meable smart foam and very small in the case of the imper-
vious PVDFE. The remaining question is the whereabouts of
the incident acoustic energy in the case of the impervious
smart foam, since it is not dissipated within the foam.

The response is partially given in Fig. 14 showing the
space averaged quadratic pressure in the tube, the foam, and
the back cavity. It appears that the quadratic pressure in the
back cavity is much more important in the case of the im-
pervious smart foam than in the case of the permeable smart
foam. In the impervious smart foam case, the pressure ab-
sorbed in front of the smart foam is transmitted in the back
cavity, while it is dissipated for a large part by viscous effect
in the permeable smart foam case.

VIl. CONCLUSION

A full 3D smart foam model was developed and experi-
mentally validated. Despite few uncertainties on the fabrica-
tion of the smart foam and the physical properties of its
materials, the model gives results in very good agreement
with the measurement of absorption and radiated pressures,
and approaches very well the vibratory behavior of the smart
foam. The comparison is especially perfect in the low fre-
quency range where the smart foam is needed for active con-
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trol. The proposed model appears as an efficient tool to un-
derstand the control mechanisms of smart foams and to
design optimized hybrid control systems. This model is gen-
eral and can be used for any coupled structure combining
fluid, elastic, poroelastic, and piezoelectric media. It can be
used, for instance, to develop any type of hybrid passive-
active material such as absorption control, structure radiation
control, and transmission control devices.
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The number of jet and rocket noise studies has increased in recent years as researchers have sought
to better understand aeroacoustic source and radiation characteristics. Although jet and rocket noise
is finite-amplitude in nature, little is known about the existence of shock formation and coalescence
close to the source. A numerical experiment is performed to propagate finite-amplitude noise and
determine the extent of the nonlinearity over short distances with spherical spreading. The noise is
filtered to have a haystack shape in the frequency domain, as is typical of such sources. The effect
of the nonlinearity is compared in both the temporal and frequency domains as a function of
distance. Additionally, the number of zero-crossings and overall sound pressure level is compared at
several distances. The results indicate that the center frequency plays a particularly important role
in the amount of coalescence and spectral redistribution that occurs. The general applicability of
these results to actual near-field finite-amplitude jet and rocket noise experiments is also

presented. © 2009 Acoustical Society of America. [DOI: 10.1121/1.3243466)]

PACS number(s): 43.25.Cb [RR]

I. INTRODUCTION

The propagation of intense random acoustic noise has
important applications in the present day. Military jet aircraft
and launch vehicle technologies are rapidly advancing to
meet new challenges, often causing such aircraft to produce
higher thrust and consequently high noise levels which
propagate nonlinearly. Characterization of these high-
amplitude aeroacoustic sources is a necessary part of predict-
ing structural vibration of the vehicle as well as the impact of
noise on the surrounding community and environment.

Early experimental studies of noise produced by jets and
rockets' began in the 1950s. The effort to characterize and
ultimately predict far-field noise propagation has continued
to the present with a wave of recent research.””"* These stud-
ies, along with other analytical studies (see, e.g., Tam et
al.'®), have established the spectral characteristics common
to jet and rocket noise, namely, an increase according to f°
up to some center frequency followed by a decrease accord-
ing to f~2. This spectral shape is commonly referred to as a
haystack spectrum and is a result of the large scale turbulent
structure of the jet.15 Note that waveforms with haystack
spectra and waveforms with flat, white-noise spectra with the
same rms levels will have appreciably different peak pres-
sures. The haystack-based waveform has greater peak pres-
sures because the relative levels around the center frequency
must be greater to produce the same rms level.

YAuthor to whom correspondence should be addressed. Electronic mail:
mrs30@psu.edu
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Nonlinear effects in the propagation of jet noise propa-
gation were first studied by Morfey and Howell'® and more
recently by Gee et al’ Mclnerny and (")lgmen17 also showed
evidence of nonlinear propagation in rocket noise. Published
overall sound pressure levels (OASPLs) of military jet air-
craft noise (F-22A Raptor) are 143 dB at 23 m,’ while pub-
lished Titan IV rocket noise levels are 140 dB at 820 m."’ By
removing spreading back to 1 m, these values are approxi-
mately 170 dB for the jet aircraft and 198 dB for the rocket.
All levels here and in the rest of the article are referenced to
20 uPa. Although spherical spreading will not hold at 1 m
due to the spatially extended nature of the turbulence, these
numbers are nevertheless illustrative of the extremely high
amplitudes near the jet or rocket noise source. Acoustical
measurements of static, horizontally fired four-segment reus-
able solid rocket motors (like those used on Space Shuttles)
reveal levels that are likely slightly lower than the Titan \AN
However, note that the proposed ARES I and ARES V ve-
hicles will use 5-segment and 5.5-segment versions of the
current four-segment motors, which may result in a slight
increase in level.

The first laboratory study of intense broadband noise
propagation was performed by Pestorius and Blackstock.'®
Band-limited broadband noise was propagated down a
29.3 m (96 ft) tube and compared to numerically propagated
noise. The algorithm and experiment showed good agree-
ment of shock formation and propagation at sound pressure
levels up to 160 dB. Other laboratory experiments of finite-
amplitude noise propagation are summarized by Gurbatov
and Rudenko."

© 2009 Acoustical Society of America



Many numerical studies of nonlinear propagation have
also been perforrned,zo*22 though only a few have studied the
nonlinear propagation of noise. As mentioned, Pestoruis and
Blackstock developed a numerical solution of the general-
ized Mendouse—Burgers equation and studied one-
dimensional propagation of band-limited finite-amplitude
noise. However, this study did not include geometrical
spreading or discuss the effects of the initial spectral shape of
the waveform. To more accurately model the actual propaga-
tion of jet noise through the atmosphere, the Pestorius and
Blackstock algorithm was further developed to include
spherical spreading by Blackstock.” Most recently, Gee et
al.” made further developments to the algorithm and per-
formed in-depth studies of far-field jet noise propagation ac-
cording to engine status and angle. The input waveforms
used in the latter study were measured data recorded 23 m
(75.4 ft) from an F-22A Raptor.

When including spherical spreading in a calculation,
there will be substantially less waveform steepening and
shock formation compared to the one-dimensional propaga-
tion scenario studied by Pestorius and Blackstock.'® Because
of this, they postulated that significant low frequency buildup
due to the loss of zero-crossings resulting from shock coa-
lescence will not occur in practical applications. When
spherical spreading is included in the finite-amplitude propa-
gation of noise, they argued that spreading losses will pre-
vent low frequency buildup from being significant.

The shock formation distance using weak shock theory24
for monofrequency waves seems to concur with the postula-
tion from Pestorius and Blackstock since geometrical spread-
ing requires much longer distances for significant nonlinear
distortion and shock formation to occur than is necessary for
an equivalent non-spreading case. This idea is illustrated
well when the shock formation distance (7) for monofre-
quency spherical waves is expressed in terms of shock for-
mation distance (X) for non-spreading monofrequency
waves.

F= roe(l/BEkrO) — roe()?/ro). (1)

Here, r( is some distance where the waveform is known, S is
the coefficient of nonlinearity, € is the acoustic Mach num-
ber, and k is the acoustic wavenumber. The definition of the
narrowband noise shock formation distance is similar to Eq.
(1), except that the rms pressure is used as opposed to the
maximum pressure.

Care must be taken when using the shock formation dis-
tance of narrowband noise to gain insight into the behavior
of nonlinear propagation of broadband noise since the sound
pressure level is based on the rms pressure and does not tell
the entire story. For a Gaussian process, the instantaneous
pressure will be greater than the rms pressure 31.7% of the
time. Furthermore, the actual pressure will be 6 dB higher
than rms (i.e., greater than 2 std from mean) 4.6% of the
time and 9.5 dB higher than rms 0.3% of the time. Although
this may seem inconsequential, for a 1 s recording of Gauss-
ian noise sampled at 20 kHz there will likely be over 800
samples 6 dB higher than the rms pressure and 20 samples
9.5 dB higher than rms pressure. Therefore a broadband
noise signal of finite amplitude will likely have waveform
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steepening and shock formation faster than estimates based
on narrowband noise shock formation distances. The more
important indicators of shock formation are the peak pres-
sures (i.e., the extreme-valued pressures).

Supersonic jet and rocket noise, however, is not Gauss-
ian distributed but has been shown to have an asymmetric
distribution. McInerny25 found rocket noise to exhibit non-
zero skewness, while Petitjean et al. % and Gee et al.*’ found
similar trends from model-scale and full-scale jet noise ex-
periments, respectively. This indicates that there will likely
be more extreme-valued pressures in jet and rocket noise
than in a Gaussian process.

Once the extreme-valued pressures have propagated a
distance sufficient to form shocks, the decay of the shock
will no longer follow geometrical spreading, and the speed
of the shock Uy, is dictated by weak shock theory24 to be

.t
Un=co+ ,Bp—pb, (2)
PoCo

where ¢ is the small signal sound speed, p,, is the pressure in
front of the shock, p,, is the pressure behind the shock, and p,
is the ambient fluid density. The shocks from these extreme-
valued pressures may travel faster than other parts of the
waveform and eventually overtake them, causing coales-
cence. Therefore, the extreme-valued pressures, which can
easily be 8—10 dB greater than the rms pressure, will play an
important role in the amount of shock coalescence.

Only a handful of studies have addressed shock coales-
cence either analytically or numerically. The Pestorius and
Blackstock'® algorithm predicted a downward shift in center
frequency due to the loss of zero-crossing resulting from
shock coalescence. Lighthill28 performed an analytical study
for conical shock waves, describing coalescence in terms of
shock “bunchings,” “unions,” and “proness to form further
unions.” Khokhlova et al.”’ proposed a statistical character-
ization of shock coalescence using an analogy to kinetic
theory of inelastic particles. However, it has not been experi-
mentally determined if significant shock coalescence could
occur near a military jet aircraft or launch vehicle.

Since our understanding of jet and rocket noise relies on
measurements near the source, the question must be raised:
Are nonlinear effects important in the short-range propaga-
tion of jet and rocket noise and if so, how will this influence
typical characterization methods? Furthermore, how signifi-
cant of a role does the center frequency play in the propaga-
tion? In this article, a numerical experiment is presented in
which haystack noise waveforms at amplitudes similar to
those expected near military aircraft and launch vehicles are
propagated over short distances. This will shed insight into
whether significant shock formation and coalescence can re-
alistically occur close to a finite-amplitude jet or rocket noise
source despite the spherical spreading. Once this is estab-
lished, a simple linear reconstruction is performed to reveal
the spectral changes in the waveform as a function of short-
range propagation distance and center frequency.
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Il. PROPAGATION METHODS

The propagation algorithm used for this study was re-
cently developed by Wochner™ and builds off prior work by
Sparrow and Raspet.20 To outline the physics modeled in the
propagation algorithm, the equation set and numerical meth-
ods used in this research will be briefly reviewed. A detailed
derivation is found in Ref. 31.

The equation set is an extended Navier—Stokes equation
set comprised of conservation equations. They are defined
for spherical waves in one dimension as

17 dpu u
KL Y 0, (3)
at  or r
dpu  dpu® ap Fu b, 2pu’ @
=4y u -,

ot ar or He ar* H or r

E

c?psfr+z9pusfr=o_ —E ﬁc DT,,+i(£g")_2pus
ot ar ' T, " Dt or\Tor

v r

(5)

(6)

In the above equations, p is the total fluid density, u is the
particle velocity, u and up are the shear and bulk viscosities,
¢, is the rate of shear tensor, sy, is the total frozen entropy, T’
is the total absolute temperature, « is the coefficient of ther-
mal conduction, c,, is the specific heat constant of the v-type
molecule, o is the entropy source term, and 7', and 7, are the
apparent vibration temperature and relaxation time of the
v-type molecule.

To solve the equation set, the temporal and spatial vari-
ables are grouped together to form a matrix equation of this
form

aw JF

—+—=H, (7)

ot oJr
where w is a matrix of the time-dependent variables, F is a
matrix of the r-dependent variables, and H is a matrix of the
remaining source-like terms. The acoustic pressure p is then
found using the van der Waals form of the equation of state,
p=c|o-p)+ T o= po+ Ll —s) [ ®)

2p0 cp

which relates the acoustic pressure, density, and entropy of a
perturbation, where the subscript “0” represents the ambient
values. As noted by Wochner,™ this Egs. (3)—(6) are an ex-
tension of the Yano and Inoue®' equation set in that thermo-
viscous and molecular relaxation losses are added to the Eu-
ler equations. Important to note is that no weak nonlinearity
or far-field assumptions are made in the derivation of this

equation set.

Equation (7) is solved using a weighted essentially non-
oscillatory (WENO) scheme® in space and third-order
Runge—Kutta scheme in time. The WENO scheme is able to
stably propagate discontinuities and therefore will not go un-
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TABLE I. Crest factor of input waveforms.

Center frequency Crest factor

Waveform (Hz) (dB)
1 100 9.84
2 300 11.42
3 500 11.80

stable when shocks with near infinite slopes form. More de-
tails regarding the implementation of the WENO scheme can
be found in Ref. 30. Previous uses of the WENO scheme in
acoustics include computational aeroacoustics and Mach
stem formation.

An input waveform was read into the algorithm with 200
points per wavelength at 20 kHz. Since the number of points
per wavelength directly relates to the computation time,
these parameters were chosen to allow for sufficient fre-
quency resolution (related to points per wavelength) and
propagation distance (related to the number of time steps by
the Courant number) to allow for a reasonable amount of
computation time. The WENO scheme’s ability to propagate
discontinuities also inherently includes an initial smoothing
effect of the input waveform. The numerical smoothing for
the input waveforms for the parameters previously stated al-
ters the decay of the input spectrum at frequencies above
approximately 2 kHz. Since the f~2 decay is necessary to
have an initial haystack spectral shaped spectrum, the fre-
quencies above 2 kHz are not shown. It must be noted that
the WENO method does not have trouble creating frequen-
cies above 2 kHz that occur with nonlinear distortion, but
that the initial smoothing is the WENO scheme’s attempt to
ensure adequate smoothness of the broadband input wave-
form.

Three input waveforms were created using an array of
2! Gaussian-distributed random numbers and filtered to
have a haystack spectrum with center frequencies of 100,
300, and 500 Hz. The 100 Hz center frequency was chosen
to be in the upper range of launch vehicles and the lower
range of military jet aircraft while the 300 and 500 Hz center
frequencies were chosen in the middle-to-high range of mili-
tary jet aircraft. Center frequencies below 100 Hz become
increasingly difficult to resolve temporally in terms of spec-
tral density estimates for the computational and time re-
sources available. The time series was scaled to have OASPL
of approximately 165 dB, which is equivalent to a rms pres-
sure just above 3.5 kPa.

The crest factor has been used to characterize the
extreme-valued samples in rocket noise data to provide an
indication of potential nonlinearity.25 The crest factor, de-
fined as

Cr=20 1og<@>, 9)
Prms

is shown for the input waveforms in Table I, revealing that

the peak pressures are above 11.5 kPa (175 dB) for all three

cases. As previously stated, the extreme pressures are more

important than rms values in estimating nonlinearity. The

crest factor for the waveforms used in the study approach the
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FIG. 1. (Color online) The first 30 000 points in the f.=100 Hz waveform at
six propagation distances. Nonlinear propagation has caused a shock to form
after 0.31 m and shock coalescence to occur after 2.52 m. The maximum
value (circled) changes peaks after 1.02 m.

valid limit for weak shock theory33 but are handled correctly
since the propagation algorithm is not based on weak shock
theory.

The propagation was started 0.32 m from the spreading
origin with absorbing boundary conditions to prevent nu-
merical reflections. The waveforms were propagated 2.52 m,
and the pressure waveform was sampled every 0.08 m. Be-
cause the propagation was one-dimensional, the linear recon-
struction was performed by removing the 1/r magnitude
decay due to the spherical spreading. This simple reconstruc-
tion scheme serves as a method to study the physics of the
propagation, while estimating its effects on spectral charac-
teristics over distance and the three center frequencies. For
the remainder of this paper, the propagation distance (Ar)
will be referenced from the propagation starting point,
0.32 m from the origin.

lll. RESULTS

Figure 1 shows the first 30000 points of the f.
=100 Hz waveform after propagating 0.08, 0.16, 0.31, 1.02,
and 2.52 m. The maximum value in the waveform of
11.6 kPa is contained in this sample. Also displayed in Fig. 1
is the input time waveform to show the waveform’s initial
shape. Nonlinear propagation effects are clearly visible as
portions of the waveform have become steepened, and the
first shock forms from the maximum value after propagating
0.31 m. After 2.52 m, there is one main shock followed by a
random set of steepened/shocked noise-fronts of smaller am-
plitude. Shock coalescence has clearly occurred after propa-
gating 2.52 m as many of the higher frequency undulations/
shocks have disappeared during the propagation. The energy
from these frequencies has collected at the larger shock lo-
cations as a result of the nonlinear phase coupling. Also of
note is that the peak value (circled in the figure) shifts from
being at the beginning of the snapshot to a peak toward the
end of the snapshot after 1.02 m.

The autospectrum of the f.=100 Hz waveform was cal-
culated, and the magnitude reconstruction back to the source
location was applied. The original and reconstructed au-
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FIG. 2. (Color online) The reconstructed one-third octave spectra of the

f.=100 Hz waveform initially at 165 dB OASPL after propagating 0.08,

0.16, 0.31, 1.02, and 2.52 m along with the input spectrum at the source.
Since the spectral shape is generally maintained despite the waveform steep-
ening, the reconstructed spectra match the input spectra well.

tospectra are compared on a one-third octave scale in Fig. 2.
The reconstruction from 0.08, 0.15, and 0.31 m matches the
source spectra very well, while the reconstruction from 1.02
and 2.52 m deviates slightly from the original spectrum. The
deviations come from changes in the time waveform due to
waveform steepening, but do not significantly affect the
slope of the decay. This is because the energy transfer due to
waveform steepening causes a high frequency roll-off pro-
portional to f~2, which the initial waveform already had. Ad-
ditionally, the amplitude at the center frequency did not ex-
perience a shift in amplitude or frequency.

Figure 3 shows 20 000 points of the f.=300 Hz wave-
form after propagating 0.08, 0.16, 0.31, 1.02, and 2.52 m
along with the input time waveform. This set contains the
waveform’s maximum value of 11.7 kPa. The first shock
forms after propagating 0.16 m. Shock coalescence has
clearly occurred after 1.02 m of propagation, and the shocks
appear to be interacting on a slightly larger scale than was
seen in Fig. 1 so that when the waveform has reached
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FIG. 3. (Color online) The first 20 000 points in the f.=300 Hz waveform at
six propagation distances. Nonlinear propagation has caused a shock to form
after 0.16 m and shock coalescence to occur after 1.02 m. The maximum
value (circled) changes peaks several times during the propagation.
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FIG. 4. (Color online) The reconstructed one-third octave spectra of f.
=300 Hz waveform initially at 165 dB OASPL after propagating 0.08, 0.16,
0.31, 1.02, and 2.52 m along with the input spectrum at the source. The
amplitude of the center frequency drops for 1.02 and 2.52 m propagations
due to energy transfer to high frequencies.

2.52 m, it consists of random arrays of shocks varying in
amplitude. The waveform maximum value shifts peaks sev-
eral times during the propagation.

The autospectrum of the f,=300 Hz waveform was cal-
culated, and the magnitude reconstruction back to the source
location was applied, with the input and reconstructed au-
tospectra compared on a one-third octave scale in Fig. 4. The
reconstruction from 1.02 and 2.52 m deviates significantly
from the input at and above the center frequency (300 Hz).
The energy transfer from the center frequency to high fre-
quencies was significant enough to cause the center fre-
quency to drop almost 5 dB after 2.52 m. However, the cen-
ter frequency does not shift downward.

The f.,=500 Hz waveform was also propagated out to
the distance of 2.52 m at an initial OASPL of 165 dB, with
the first 10 000 points shown in Fig. 5. A shock forms at the
maximum value, initially at 12.3 kPa, after 0.08 m. Visual
comparison reveals that the nonlinear distortion is signifi-
cantly greater in Fig. 5 than in Fig. 1. This is to be expected
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FIG. 5. (Color online) The first 10 000 points of the f.=500 Hz waveform
shown at six propagation distances. Nonlinear effects have caused shocks to
form after 0.08 m and shock coalescence to occur by 1.02 m. The maximum
value (circled) changes peaks several times during the propagation.
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FIG. 6. (Color online) The reconstructed one-third octave spectra of f,.
=500 Hz waveform initially at 165 dB OASPL after propagating 0.08, 0.16,
0.31, 1.02, and 2.52 m along with the input spectrum at the source. The
amplitude of the center frequency drops in amplitude and frequency for 1.02
and 2.52 m propagations due to energy transfer high frequencies and loss in
ZEro-crossings.

given the general trend that shock formation distance de-
creases as frequency increases. Shock coalescence is again
evident after 1.02 m. After 2.52 m, the waveform is com-
posed of nearly equispaced shocks of comparable amplitude
and begins to partially resemble a sawtooth wave. The wave-
form maximum value has again shifted peaks several times
during the propagation.

Figure 6 shows the reconstructed one-third octave spec-
tra for the f.=500 Hz waveform from the same distances
shown previously. The center frequency amplitude begins to
drop in amplitude after 0.08 m and begins to shift downward
after 1.02 and 2.52 m. The downward shift in frequency is
typically attributed to a decrease in zero-crossings as a result
of the shock coalescence. The crest factor again shifts posi-
tion during the propagation.

The overall sound pressure level is compared as a func-
tion of distance for all waveforms in Table II. After 2.52 m
of linear propagation with spherical spreading, the OASPL
for would be expected to drop 19 dB to the value of 146 dB.
The f.=100 Hz waveform has decayed 3 dB more than ex-
pected with spherical spreading alone, while the f.=300 Hz

TABLE II. OASPL of the waveforms after propagating several distances
compared to the levels resulting from just spherical spreading at those dis-
tances (rounded to the nearest decibel). Note that Ar is referenced to the
propagation starting point and Ar+0.32 represents the distance from the
origin.

Ar

(m) Spreading alone 100 Hz 300 Hz 500 Hz
0.00 165 165 165 165
0.08 163 163 163 163
0.16 162 162 161 160
0.31 159 159 158 157
1.02 153 152 150 148
2.52 146 145 142 139
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FIG. 7. (Color online) The number of zero-crossings normalized by the
initial number of zero-crossing for all three waveforms. A decrease in the
number of zero-crossings is shown for each waveform even though only the
f.=500 Hz waveform experiences a downward shift in center frequency
(see Fig. 6).

and f.=500 Hz waveforms have decayed 4 and 7 dB more,
respectively. This discrepancy is a direct result of nonlinear
shock attenuation.”

By visual inspection, all three waveforms involved at
least some shock coalescence. For more thorough investiga-
tions of the existence of shock coalescence, technical metrics
are typically used such as a decrease in the number of
zero—crossings34 or an increase in the characteristic time
scale (which is inversely proportional to the center
frequency).'9 However, for haystack-shaped noise, the center
frequency dependence and random nature of the zero cross-
ings make a direct comparison between the three case studies
here impossible. Therefore, the number of zero-crossings
normalized by their initial value is shown in Fig. 7 as a
function of distance. All three waveforms share a decreasing
trend in the number of zero-crossings as a function of propa-
gation distance, with the f,=100 Hz waveform having the
lowest percentage of zero-crossings lost and the f.=500 Hz
having the highest. Since all three waveforms have a similar
order of magnitude for the percent change in zero-crossings,
but only the f.=500 Hz waveform experienced a downward
shift in frequency, this suggests that the percent change in
zero-crossings alone does not give conclusive evidence of a
downward frequency shift. Conversely, the absence of a
downward shift in center frequency does not conclusively
say that shock coalescence has not occurred.

In summary, for the same spectral shapes and OASPL
but different center frequencies, the amount of nonlinear dis-
tortion is very different. This is expected since nonlinear ef-
fects occur over shorter distances for higher frequencies. The
relatively good reconstruction for the f.=100 Hz waveform
indicates that although the time waveform changes, the spec-
tral shape can generally be maintained despite the effects of
nonlinearity. This occurs since the asymptotic dependence of
low frequencies is proportional to 2, and the high frequency
roll-off resembles that of sawtooth wave spectrum, which
decay according to the harmonic number.'? This implies that
haystack spectra may retain their spectral shape during mag-
nitude reconstruction since the change in phase due to non-
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linear coupling will not be detected. However, the results
from the f,=300 and 500 Hz waveforms indicate that when
shock coalescence is more significant, the center frequency
will shift downward and cause the high and low frequencies
to be offset from the original spectrum, even though the high
frequency slopes are similar.

For significant nonlinear propagation of waveforms with
differing spectral shapes, the initial spectral shape would
naturally not be retained. As shocks form, the nonlinearity
will in essence filter the high and low frequency regions of
the spgasctmm and cause significant changes in the spectral
shape.

IV. DISCUSSION

The results of this study have shown that shock coales-
cence can occur despite spherical spreading over short propa-
gation distances near the spreading origin. Given these re-
sults, several observations will be discussed in a broader
context.

First, the results presented above illustrate how impor-
tant nonlinear behavior of haystack spectra will not be cap-
tured when studying spectrally white waveforms. The most
obvious difference between the two is that the peak pressure
levels of haystack spectra will be higher than a flat spectrum
given the OASPL, therefore causing more nonlinear effects
over shorter propagation distances. An effect entirely missed
when studying spectrally white noise is how the center fre-
quency influences the propagation, particularly how quickly
the waveform will become random sawtooth waves. Com-
parison of Figs. 1 and 5 for propagation out to 2.52 m illus-
trates the significance of center frequency with respect to the
waveform, transforming into a series of random sawtooth
waves. Since the center frequency is partially dictated by the
jet nozzle size and corresponding turbulence scales," rocket
noise typically has a lower center frequency in the jet noise.
However, rocket noise levels are typically much higher than
jet noise levels.

Next, several remarks must be made on the use of crest
factors in nonlinear propagation of random noise of any
spectral shape. As previously noted, M(:Inerny25 used the
crest factor in analyses of rocket noise data to provide an
indication of potential nonlinearity. However, Figs. 1, 3, and
5 show that the maximum value changes peaks during propa-
gation. This illustrates how the maximum value is directly
influenced by the behavior of the waveform samples directly
preceding it. For example, a large negative pressure immedi-
ately prior to a large positive pressure will cause significant
steepening to occur in both the positive and negative pres-
sure regions, resulting in the formation of one large shock.
The relative symmetry of the shock may cause the speed to
be near the small amplitude sound speed [see Eq. (2)] while
nonlinear attenuation will cause the amplitude to decay and
lessen its long-term likelihood of overtaking other portions
of the noise. Alternatively, if the large negative pressure was
instead a large positive pressure, the shock speed, coales-
cence, and nonlinear attenuation would be completely differ-
ent. Therefore, the crest factor is not necessarily a complete
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metric for characterizing nonlinear propagation of noise.
More detail on the suppression of large outliers due to shock
attenuation is found in Ref. 19.

Finally, it has been noted how Pestorius and
Blackstock'® reasoned that spherical spreading will weaken
nonlinear effects in the finite-amplitude propagation of noise
so that energy transfer will be limited to high frequencies for
most practical problems. Although this paper has clearly
shown that substantial shock coalescence can occur over
short propagation distances despite spherical spreading, a
discussion of the assumptions made in this study is merited
to determine whether this numerical experiment represents a
practical problem.

Some reasoning suggests that the results from this ex-
periment might represent an upper bound on the amount of
nonlinearity that might occur near a military jet aircraft or
launch vehicle. Center frequencies can be much lower than
500 or even 100 Hz, especially for noise caused by large
rockets. This would result in larger propagation distances
required for shock formation. Also, the extended nature of
the source may cause superposing crossing waves to produce
high levels without interacting long enough to produce cu-
mulative nonlinear distortion. Additionally, partial source co-
herence and diffraction could prevent the waveform from
developing shocks strong enough to rapidly coalesce near the
source.

Despite these arguments, there are several factors which
suggest that the results presented here may represent realistic
amounts of nonlinearity near the finite-amplitude sources of
interest. First, the amplitudes used in this study are compa-
rable to the levels expected within several meters of military
jet aircraft and launch vehicles. Second, the extended nature
of the source will result in less than spherical decay near the
plume, resulting in nonlinearity occurring relatively more
quickly. Also, jet aircraft and rocket noise can exhibit signifi-
cant positive skewness which, as mentioned previously, are
due to large outliers. The higher number of large outliers will
cause shock formation and coalescence more quickly than
the Gaussian distribution presented here.

As a final point, there is relatively high coherence in the
peak radiation direction of jet noise, > suggesting that the
radiating waves from the large structures are not traveling in
random directions. Because of this, waves propagating along
this angle may have sufficient time for nonlinear interactions.
Evidence supporting this idea has recently been observed in
near-field, model-scale supersonic jet noise data,”” where
nonlinear effects were detected along the peak radiation di-
rection. All of these arguments suggest that nonlinear inter-
actions, including significant shock coalescence, can be ex-
pected within several meters of the plume region of military
jet aircraft and rockets, specifically along the peak radiation
angle.

V. CONCLUSION

This numerical experiment shows that nonlinear propa-
gation effects can be significant enough to induce significant
shock formation and coalescence in less than 3 m of propa-
gation at amplitudes and center frequencies similar to those
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of military jet aircraft and rocket noise. Additionally, the cen-
ter frequency of haystack spectra plays an important role in
the amount of shock coalescence and how soon the wave-
form will transform into a series of random sawtooth waves.
As previously discussed, arguments exist both for and
against the likelihood of significant shock coalescence occur-
ring in actual finite-amplitude jet or rocket noise. However,
the results of this paper reveal the importance of seriously
considering the finite-amplitude nature of jet or rocket noise
sources in the near-field of the source. Furthermore, since
nonlinear effects vary with amplitude, distance, and fre-
quency, every source characterization technique performed
on high-amplitude noise sources must carefully consider the
relative importance of waveform steepening and shock for-
mation before determining the accuracy of the results.

Since the exact role of shock coalescence in jet and
rocket noise propagation is experimentally unverified, the re-
sults of this study suggest the need for further investigations
that specifically target the existence and role of shock coa-
lescence in the near-field of actual jet and rocket noise
sources. Studies of the amount of shock coalescence required
to appreciably alter a spectrum may help determine threshold
sound pressure levels or distances for significant shock coa-
lescence level. Statistics could be used to infer how charac-
teristics of the noise change during propagation. Addition-
ally, knowledge of the specific effects of shock coalescence
and the scalability of shock formation and coalescence may
help refine efforts in jet noise reduction and aid other ad-
vancements in vibroacoustic modeling of military aircraft
and launch vehicles.
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The assessment of noise sources for environmental purposes requires reliable methods for mapping.
Numerical models are well adapted for sophisticated simulations and sensitivity analyses; however,
real-time mapping of large frequency bands must be based on fast and acceptable computations and
honor in situ measurements. In this paper, a real-time mapping procedure of noise exposure is
proposed. The procedure is based on geostatistical modeling of spatial variations and applied to a
case study taken from an experimental campaign, where a point source was placed on a flat meadow.
An analytical approximation of the acoustic field was first computed with the Embleton model. The
difference between this approximation and the actual measurements (Lcqjs min 1/3-octave bands
samples from 19 microphones spread over the meadow) showed spatial structure, which has been
modeled with a variogram. Finally, the geostatistical technique of kriging with external drift
provided an optimal interpolation of the acoustic field data while encapsulating the first
approximation from the Embleton model. Systematic geostatistical inference and real-time mapping

with the proposed procedure can be envisaged in simple cases.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3243301]

PACS number(s): 43.28.Tc, 43.28.Lv, 43.28. En [KVH]

I. INTRODUCTION

Real-time mapping of sound exposure in semi-open ar-
eas has never been attempted although it is of high interest
for practical purposes. The assessment of sound exposure in
semi-open areas is a difficult task. In semi-open areas, mi-
crometeorology and ground properties have a major influ-
ence on sound propagation. Additionally micrometeorology
and ground properties change continuously in time and
space. Therefore, with the use of experimental data and a
limited number of measurement locations in space, propaga-
tion conditions can only be known approximately. Prediction
models need to take advantage of deterministic models with
a growing complexity of the influence of physical param-
eters: ground effect,l’3 mean refraction indices, and knowl-
edge on the turbulence structure.*” The notion of random-
ness already exists in numerical propagation models: for
example, the scattering effect of turbulence is considered
through the inclusion of physical randomness.®’
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2894 J. Acoust. Soc. Am. 126 (6), December 2009 0001-4966/2009/126(6)/2894/11/$25.00

Pages: 2894-2904

In a prediction context, where generally time is hardly
involved, highly complex models require a large amount of
input data.*’ For the purpose of real-time mapping, the use
of such models is unrealistic. Rather, a trade-off between the
loss of complexity in the physical model and a possible es-
timation of the embedded error must be found to obtain, in
the long run, an appropriate assessment method.

Séchet showed in a previous study10 that partial infor-
mation on mean refraction conditions and on the turbulence
structure may lead to a loose statistical relationship between
micrometeorological measurements and sound level records.
He also concluded that, for the purpose of assessment, sound
fields in semi-open areas should be modeled as random
fields. The spatial structure of the sound field is statistically
much easier to evaluate, though, when setting the integration
time step of acoustical time series at 15 min.'%!" At this time
scale, mean vertical sound celerity gradients are representa-
tive of mean propagation conditions.

The objective of our research was to develop a well-
adapted method to assess and map the acoustical impact of
sound sources in semi-open areas. We intended to work first
on a simplified case study of noise pollution where the

© 2009 Acoustical Society of America



source characteristics are known and constant in time, a case
where the ground is flat and has slowly varying acoustical
properties, and still a case where micrometeorological con-
ditions are measured as well. We wanted to demonstrate that
it is practically feasible to model the sound pressure as a
random function and, finally, we aimed at evaluating poten-
tial applications.

In semi-open areas, the complex influence of microme-
teorological conditions and impedance conditions requires to
combine both physical modeling and statistical knowledge.&9
Physical models provide the main spatial characteristics of
the sound field, and statistical methods introduce an uncer-
tainty estimation of the final assessment. In our context,
computation time was also considered to be an important
factor for practical applications. Hence we considered sim-
plified physical models to be of interest. The prediction pro-
vided by a simplified physical model is an approximation of
reality. The actual difference between a deterministic ap-
proximation of reality and measurements is then viewed as
the outcome of a random process, and the spatial structure of
such a random process may be characterized by means of
statistical inference.

Geostatistics emerged as a collection of statistical tech-
niques for spatial data in a mining industry context.'
Matheron"? developed the theoretical basis for its use (see
Ref. 14 for a more complete historical review). Applications
of geostatistics in environmental issues are numerous. For
instance, geostatistical modeling proved efficient in assessing
air pollution.15 In particular, the interest of geostatistics is
when the mean underlying physical process is known and
can be modeled. This is the case in sound propagation. One
issue remains in the choice of the acoustical model to be
included. In a method that combines a physical model with
statistical tools, it is crucial to find a good trade-off between
simplicity, computation time, and compatibility with geo-
statistical assumptions.

In this article, we aim at introducing geostatistical prin-
ciples and consider opportunities to infer a geostatistical
model for automatic mapping in a simple context. The choice
is oriented toward a physical model that does not include
micrometeorology in the present case study: the Embleton
model.” Then, we show how geostatistics can handle differ-
ences between a simple physical model such as the Embleton
model and measurements which vary under the influence of
wind and temperature.

The remainder of the article is structured as follows. In
Sec. II, we introduce the principles of geostatistics with an
emphasis on its main analysis tool called the variogram and
its use in statistical interpolation. In Sec. III, we present the
case study, a simple example of sound propagation from a
point source in a flat meadow field. In Sec. IV, we describe
the different computational steps of the geostatistical study.
The computational steps include the choice of an adequate
physical model as a first guess of the sound field, the analysis
of the fluctuations between this guess and the measurements
(Leqis min)» and finally an interpolation of the data taking ac-
count of the guess field. The illustration concerns mid-
frequency propagation (1/3-octave band centered on 1 kHz)
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where the sound field is more erratic than at lower frequency
and has an important impact on the environment. Results are
interpreted and discussed in Sec. V.

Il. INTRODUCTION TO GEOSTATISTICS

The main fact that leads to the application of geostatis-
tics for mapping is the observation of spatial auto-correlation
in the studied phenomenon: the closer two measurement lo-
cations, the more likely their acoustic levels will be corre-
lated. Geostatistics developed a whole theoretical framework
for optimizing mapping in such a situation. We present in
this section the basis on which sound propagation can be
modeled with geostatistical tools.

A. The variogram

The spatial and temporal uncertainties in micrometeoro-
logical conditions, ground acoustical properties, and sound
propagation are a major challenge in assessing the acoustic
exposure in a spatial domain. Geostatistical methods are de-
signed for solving estimation problems based on the spatial
data and numerical model output. Geostatistical methods rely
on a probabilistic framework that is appropriate for describ-
ing phenomena in space and time.

The starting point is a regionalized variable p(x) de-
scribing the value of the acoustic pressure field at location x
in a spatial domain D. In the present paper, p(x) will be
expressed as the sound pressure relative to a reference pres-
sure measured or calculated 10 m from the sound source.
This relative sound pressure is expressed in decibels (dB) for
each 1/3-octave band. In addition, we define the spatial do-
main D of geostatistical study as a two-dimensional (2D)
horizontal domain so that x={x,,x,} € R>.

Reality p(x), from which data are sampled, is considered
as a realization of a random function, by which we mean a
collection of random variables {P(x),x € D}. To ease nota-
tion, the curly brackets are dropped and the random function
is simply written P(x).

A convenient assumption is to consider that the variance
of the difference P(x)—P(x’) for any two locations x and x’
is translation invariant, var(P(x)—P(x’'))=2y(h), i.., the
variance only depends on the vector h=x—x’ and not on the
position of the vector in D. If we further assume that the
expectation of the increments is zero, E[ P(x) - P(x')]=0, we
obtain the expression

y(h) = E[(P(x) - P(x'))’], (1)

which is called the variogram. The above assumption is
called intrinsic stationarity.

B. Kriging

The problem at hand is to attempt the reconstruction of a
phenomenon over a continuous spatial domain based on the
measured values, only available at a limited number of sam-
pling locations. The procedure known as kriging [after D. G.
Krige who proposed it in 1951 (Ref. 12)] consists in search-
ing for the linear estimator that bears the smallest estimation
variance. This leads to a system of linear equations (kriging

Baume et al.: Geostatistical modeling of sound propagation 2895



equations) whose solution provides the weights correspond-
ing to a minimum estimation variance (kriging variance'®'").
There are close links between splines and kriging despite
differences in their practical implementation.

The starting point for estimating P at an unsampled lo-
cation X, is a linear estimator P* assigning weights w, to
data at locations x,, a=1,...,n,

P*(x0) = 2 woP(x,). )
a=1

Second, two assumptions will lead to express the statis-
tical moments of the estimator through a linear estimation of
weights w,. First assumption, the estimator is unbiased at all
locations of the study domain D, hence writing the particular
case at measurement locations

P*(x,)=P(x,) = >, wP(x,), a=1,...,n. (3)
a=1

The latter relationship is independently built on the value of
P. Thus, at any location x,, of domain D, the weights w, are
solution of

1= w,. (4)
a=1

Second assumption, the intrinsic stationarity [stationarity of
the second moment of P(x)] allows to use the definition of
the variogram y(x) given in Eq. (1).

If the statistical mean of P(x) (in the sense of a Gaussian
distribution) is further assumed to be constant over D, the
most commonly used estimator is called ordinary kriging. In
the case of ordinary kriging, weights w, are solution of the
linear system

n

> weY(Xg—Xo) + u=nXo—X,), a=1,....n,
B=1

n

Ewa=1. (5)

a=1

In its left-hand side, the system incorporates the vari-
ogram values y(Xg—X,) between all sample point pairs,
while in its right-hand side, we find the variogram values
v(xo—x,) between the estimation location and each sampling
location. The second equation that ensures unbiasedness of
the estimator explains the presence of an additional variable
(the Lagrange parameter w), which brings an extra degree of
freedom in the linear system.

The expression of the minimum estimation variance in
case of ordinary kriging is

O-ZOK(XO) = E Wa’y(XO - Xa) + u. (6)
a=1

C. Kriging with external drift

The assumption of intrinsic stationarity may not be suit-
able if there is a systematic trend in the spatial domain. Such
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a systematic change can often be described by a numerical
model implementing physical equations. The output p(x)
from such a mechanistic model provides a tentative descrip-
tion of reality P(x) that can be used as another piece of
information in addition to measurement values P(x,). In
such a situation, we will assume that the random function is
decomposed into two components

P(x) =m(x) + €(x) (7)

where €(x) is a zero-mean intrinsic random function called
the residuals and m(x) is a deterministic drift. The objective
is to use the physical model output p(x) in order to obtain a
physically sound estimate of the mean m(x), while €(x) bears
the second moment characteristics of P(x)—in the sense of
Gaussian distribution the variance is a sufficient descriptor of
a statistical distribution.

To better assess the trend (on the basis of measurement
values), m(x) is assumed to be linearly related to the model
output and to spatial coordinates x=(x,,x,) in a 2D horizon-
tal domain:

E[P(x)]=m(x) =a+ bp(X) + ¢, x| + Cox,. (8)
If we constrain the estimator (2) to interpolate the drift com-

ponent without error whatever the coefficients a and b, we
obtain the equations of kriging with external drift:

n

E Wﬂ?’(xa = Xp) + iy + Mop(Xy) + aXi g+ aXop
B=1

=Y(XQ_X0)’ (I:l,...,n,

n
2 WB=1’
B=1

n

> wep(xp) = p(xo),
=1

E WpX15= X105

=1

> WpXop = Xog- 9)
=1

It should be noted that the coefficients a, b, c;, and ¢, of
the external drift do not appear in the system as they are
estimated implicitly. An explicit estimation of these coeffi-
cients is possible, using a different set of equations”"8 (see
Sec. IV B).

D. Variogram model

An empirical variogram (k) can be computed from the
data using the formula

LS (Px) - P(xp). (10)

() =
¥(h) N, 2

where N(h) is the number of pairs of measurements.
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FIG. 1. Experimental setup of Lannemezan campaign in 2005: the sound source and the microphones are placed 2 m above the flat ground: (a) microphones

and (b) micrometerological towers.

In the case of ordinary kriging, a theoretical variogram
is fitted to the empirical variogram of P(x), while in the case
of kriging with external drift, the theoretical variogram is
adjusted to the empirical variogram of the residuals e(x). A
variogram is a conditionally negative definite function and
several classes of variogram models are available, allowing
to comply with different behaviors of the empirical vari-
ogram and different physical contexts.

lll. THE CASE STUDY

Sound propagation is a non-stationary process in space
and time. Geometrical spreading of wave fronts yields a de-
crease in sound energy with the distance from the source.
The first case study of geostatistical inference needs to fulfill
two main criteria:

* to be a well-known example that is easily approximated
with a simple analytical model and

e to have a high sensitivity with respect to micrometeorol-
ogy and ground effects.

Point sources are easier to model than extended sources (e.g.
lineic sound sources) and their advantage is that they bear
the highest variability of the sound field in space, especially
due to the wind direction changes. Thus installing a point
source above a flat meadow field seemed a reasonable and
well-adapted case study for a first geostatistical work on out-
door sound propagation.

A. The experimental setup and validation of the
measurements

We tuned a Bruel & Kjaer source, type 4292 to deliver a
118 dB(A) pink noise during the experiment, its emission
power being controlled in a continuous manner with refer-
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ence measurements 10 m away [see Fig. 1(a)]. The source
was placed 2 m above a flat meadow located on a plateau in
the area of the Pyrénées mountains (Lannemezan, France).
The experiment lasted 3 months on a continuous basis (from
early June to late August, 2005). A spatial mean of acoustical
properties of the ground was estimated from 13 locations.
Measurements of impedance were carried out almost every
day during the first 3 weeks (in June) and once a week in the
last part of the campaign. One additional impedance moni-
toring point was placed close to the source (one measure-
ment each 4 h during 3 months).

Sound pressure levels were recorded with 19 micro-
phones during the period of June. Measurements were spa-
tially sampled following three propagation axes which draw
a 90° angle around the source [Fig. 1(a)]. We chose this
design in order to record acoustical levels under various
propagation conditions. The microphones were placed 2 m
above the ground. L., ¢ samples have been stored for
1/3-octave  bands centered on frequencies from
50 Hz to 4 kHz. Propagation conditions were recorded with
micrometeorological towers equipped with classical sensors
(1 Hz sampling frequency devices as vane anemometers,
weather vanes, and ventilated temperature probes) and ultra-
sonic sensors (20 Hz sampling frequency). Sensors were lo-
cated as in Fig. 1(b). Micrometeorological data were not in-
cluded in the geostatistical model but we relied on them for
physical interpretation of the results.

A strict validation process was designed and carried out
in order to leave out any suspicious sample from the final
acoustical and micrometeorological databases. Rainy or too
windy conditions (wind speed >5 m/s) were excluded. We
selected turbulence data in the validity domain of the
Monin—Obukhov similarity theory19 (-2<z/Lyo<1, where
z is the height and Ly;o the Monin—Obukhov length). More-
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over Monin—Obukhov theory has been used to derive vertical
sound speed profiles from vertical wind and temperature pro-
files using universal functions with Businger—Dyer empirical
parameters.20 Those experimental (turbulent) data have been
cross-correlated with meteo-towers (classical) profiles, in or-
der to verify (or not) the range dependence of the sound
speed profiles along each propagation axis during each
15 min sample.

We also filtered out extraneous acoustical events (trains
passing by in the valley, road traffic close by, insects noise
on the meadow during summertime). The automatic proce-
dure for validation included the use of a characteristic cali-
bration spectrum (envelop spectrum based on the overall
temporal mean) at each measurement location. More details
on the data validation procedure for this experimental cam-
paign can be found in Ref. 21.

B. The acoustic samples and ground measurements

Although 1-s samples were available from the database
(Leql ¢), the most easily interpretable time series has a
15-min integration interval as mentioned in the Introduction.
Thus an integration of acoustical samples was carried out
(Legis min)- After the validation process, the database was
lacking spatial information for a number of time steps. Yet
the geostatistical study based on the modeling of spatial au-
tocorrelation should be done with a maximum number of
spatial samples.

After the validation process described in Sec. III A, we
selected a whole day of acoustical data: the 22 June 2005.
Micrometeorological conditions changed substantially from
clear night conditions to sunny morning and sunny afternoon
conditions of early summer (temperature vertical gradient
from positive to negative values), and back to clear night
conditions during the evening. We based the case study on
two typical 1/3-octave bands for road traffic or industrial
noise outdoor propagation: a characteristic band for low fre-
quencies (100 Hz) and a characteristic band for mid-
frequencies (1 kHz). Higher 1/3-octave bands could have
been selected and included in the sequel. However, consid-
ering our sound source, signal to noise ratio is poor for high
frequencies (1/3-octave bands superior to 2 kHz) and for
long distances (receivers farther than 100 m). After the vali-
dation procedure, the experimental database is reduced for
those 1/3-octave bands and receiver locations. Thus only a
few 15-min samples were validated at high frequencies for
this kriging procedure.

We also selected the most representative ground proper-
ties values (for a more detailed study on ground impedance
measurements for this campaign see Ref. 22). These corre-
spond to the impedance measurements carried out the 20
June 2005. No major precipitation event happened to modify
ground properties of the meadow between the 20th and the
22nd in June. Finally, in order to build the final acoustical
database for the study, measured acoustic levels (up to 200 m
from the source) were expressed in sound pressure levels
(SPLs) relative to the reference microphone of the corre-
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sponding propagation axis. This allowed us to minimize the
effect of spatial directivity and temporal fluctuations (ampli-
tude and spectrum) of the sound source.

Sections IV and V present the application of kriging
modeling to this case study. A detailed description of the
method is given in Sec. IV for the 1 kHz 1/3-octave band
sample (Leqis min), recorded between 23:45 and 24:00, on 22
June 2005. The 1 kHz database is more critical than the
100 Hz example because the spatial structure is more irregu-
lar (interference patterns due the ground reflection) and more
fluctuating as well. Same steps in the modeling process are
followed at 100 Hz. In Sec. V, results and discussion also
include the low frequency case.

IV. MODELING THE ACOUSTIC FIELD WITH KRIGING

The non-stationarity context of the case study (in the
spatial sense) suggests the use of kriging with external drift.
The statistical distribution of the measurements for one time
sample (19 Leqis min for the SPL) cannot show the Gaussian
distribution characteristics of a stationary process because
SPL measurements have various positions in terms of
source-receiver distance. The interpolation procedure follows
five steps.

* Step 1: A description of the deterministic part of the acous-
tic field is generated using the Embleton propagation
model and the Delany and Bazley ground model. A mean
value of ground properties over the study domain is used.

e Step 2: The Embleton model is fitted to the measurements
using a least squares procedure. This step leads to a pre-
liminary estimation of the drift (the deterministic part of
the geostatistical model).

* Step 3: The difference (called residuals) between measure-
ments and the fitted Embleton model (both expressed in
SPL relative to the reference microphone located 10 m
from the source and 2 m above the ground) is computed.
The variogram of the residuals is computed as well.

e Step 4: A variogram model is fitted to the sample vari-
ogram of the residuals.

e Step 5: Kriging is used for mapping.

The first four steps can be seen as the inference steps;
the model is being built up and its parameters are estimated.
The last step is the interpolation step using the inferred
model.

A. Step 1: Computation of the first-order physical
model

We computed a first-order approximation of the acoustic
attenuation (SPL relative to a reference microphone) with the
Embleton model.’ The acoustic attenuation is computed rela-
tively to the reference microphone 10 m away from the
source located on the same propagation direction. The gen-
eral form of the acoustic pressure above a porous half-space
in a 2D horizontal domain at location x=(x;,x,) is given by

A,
r(x)

Ag

T d(X)

Pe(x) = exp(ik,ry(x)) + Q exp(ik,r,(x)). (11)
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r, is the direct travel distance from the source [located at x
=(0,0)] to the receiver location x=(x;,x,). r, is the travel
distance of the reflected wave. A; and A, are the amplitudes
of the direct and reflected waves, respectively, and k,; and &,
are the associated wave numbers. To compute the drift, we
assume no turbulence on the wave path. Hence we have A,
=A, and k;=k,=k,, where k, is the wave number in the air.
Direct and reflected sound ray distances are, respectively,

rq= VX2 + |hs— hR|2’

——s
ry=NX + (hs + hg)?, (12)

where hg and hy are the source and receiver heights. In the
specific case of a study in a 2D horizontal plane, source and
receiver heights are equal, hence simplifying the previous to

rd=|X

s

r,= X2 +4h3. (13)

Q is the complex form of the spherical reflection coef-
ficient of the porous glround.23 In the considered case (propa-
gation distance greater than the wave length), the expression
of O can be approximated by

Q=R,+(1-R)F(w), (14)
where the plane wave reflection coefficient R), is
sin ¢i - ZO/ZG

R,= 15
P sin ¢+ 2o/ 26 (15)

and
F(w) = 2i\'@e_wf B eCdu. (16)

—ivw

¢; is the incidence angle with the ground, Z the air imped-
ance, and Z; the ground impedance. The numerical distance
w reads

2ik0r,

kz
Wzm(zo/zc)z(l —k_(z)COS2 ¢i)’ (17)
P i

where k the characteristic wave number of the ground.

Through the numerical distance w and the reflection co-
efficient R, the expression of the field is dependent on the
frequency and the ratio Z;/Z; The computation for
1/3-octave bands is made using several calculations (from 1
to 7 monochromatic calculations for each 1/3-octave band24)
to avoid local interference patterns. From the impedance
measurements, we took into account a spatial average, whose
value slowly fluctuates with time.** The computation con-
sisted in giving a map of the relative SPL levels 2 m above
the ground, following the height of the source and micro-
phones.

Impedance of the ground is an input variable of the Em-
bleton model. In practice, the impedance is assessed through
a ground model that defines a relationship between the im-
pedance and other parameters that are fitted with the actual
measurements. In our case study, we computed the imped-
ance with the Delany and Bazley phenomenological model.'
We applied a two-parameter fitting procedure. The first pa-
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FIG. 2. Computation of SPL rel. to ref. microphone (Legys min) Using the
Embleton model at 1 kHz with mean ground properties: o5=151 kN sm™
and ¢=0.02 m. Prediction height is 2 m above ground. Reference level is
taken 10 m from the source and 2 m above ground.

rameter is the phenomenological parameter of the Delany
and Bazley model: the specific airflow resistivity o;. The
second parameter is the layer thickness e, assuming a per-
fectly reflective surface above e

The fitting procedure focused on the frequency range
from 100 Hz to 1.5 kHz, leading to the following spatial av-
erage values for 20 June 2005:

os=151 kN sm™,

e=0.02 m.

Figure 2 displays a map of the SPL values using the
Embleton model for the 1 kHz 1/3-octave band. It shows an
isotropic propagation around the omni-directional source lo-
cated in the upper left corner. Interference patterns are barely
noticeable for this frequency, even close to the reference
measurements mainly because of a coarse grid definition (2
X2 m?).

B. Step 2: Estimation of the trend

The Embleton model does not include micrometeoro-
logical conditions. The temperature field can lower or raise
SPL values, in an isotropic manner, around the source,
whereas the wind field has a vectorial effect. A way to make
the Embleton predictions pj statistically sensitive to mi-
crometeorological conditions is to apply an additive factor a
and a multiplicative factor b. In addition, in order to mimic
more specifically the influence of wind conditions, a linear
combination of the spatial coordinates c¢; x;+c, x, can be
added as well. The coefficients a, b, ¢, and ¢, are obtained
through a regression procedure. Hence, we arrive to an ex-
ternal drift model of the form

P(X)=a+ bpg(X) + ¢ x| + cox, + £(X). (18)

P represents the statistical distribution of the acoustic field at
any location x, and e(x) represents a zero-mean random
function associated to P. In a kriging procedure £(x) is as-
sumed to be intrinsically stationary.

The regression procedure (to estimate the coefficients a,
b, ¢, and c,) uses two types of data: the computed Embleton
model (from step 1) and measured acoustical data. The Em-
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FIG. 3. Lannemezan campaign 22 June 2005 between 23:45 LST and 24:00 LST: fit of Embleton model at 1 kHz (SPL rel. to ref. microphone, Leg;s min): (2)
without linear drift and (b) including a linear drift. (c) Direction of mean horizontal wind speed. Prediction height is 2 m above ground.

bleton model is computed 2 m above the ground in terms of
SPL relative to a reference level located 10 m from the
source (Leqis min for each 1/3-octave band, in dB). In the
case of measurements, the reference level is taken from the
microphone located 10 m from the source and 2 m above the
ground on each propagation line (see the experiment proto-
col in Fig. 1).

Ordinary least squares is a classical method to estimate
regression coefficients. At measurement locations, the math-
ematical expectation of P equals the measurement value.
Hence, writing the mathematical expectation of P using Eq.
(8) and applying the relationship at n measurement locations
lead to

p(xy) p(xy1,x12)

p(xn) p(xnl ’xn2)

1 pelxynxn) xpp xpp
. . . . ’ (19)

1 pE(xnl’an) Xl Xn2
2

whose matrix form is

p=Xd. (20)

Applying the least squares formalism leads to the estimate d
of the regression coefficients:
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d=(X'X)"'X'p. (21)

In practice, the linear trend c¢x;+c,x, adds some flexibility
in case of an anisotropic behavior of the acoustic field. We
also checked the introduction of a quadratic component, but
this proved to be irrelevant. In the sequel, we will only com-
pare modeling with and without a linear component in the
drift. These estimated drift maps are presented in Fig. 3.
Figure 3(c) indicates the direction of the mean horizontal
wind speed between 23:45 LST and 24:00 LST.

C. Step 3: Analysis of the variogram of the residuals

The empirical variogram of the residuals & measures the
part of the variability of the studied phenomenon that is not
explained by the drift. A high explanatory power of the drift
is associated with a low level (or sill) of the variogram of the
residuals. Another important characteristic of the variogram
is its correlation length (known as the range): namely, the
distance at which the variogram reaches its sill. When com-
puting the empirical variogram, one has to carefully choose
the distance classes /1, We tried various distance classes and
finally retained classes of 15 m. Figure 4 presents the sample
variogram of the residuals when the drift model does not
include a linear trend (left plot) or includes a linear trend
(right plot). The present case study at 1 kHz shows a clear
difference (decreasing of the sill by a factor of 4) when in-
cluding the linear drift into the drift model. The range then
drops substantially from 120 to 90 m.
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FIG. 4. Lannemezan campaign 22 June 2005 between 23:45 LST and 24:00 LST: empirical variogram of the residuals and associated model at 1 kHz (a)
without linear drift and (b) including a linear drift. The horizontal dashed line shows the variance of the residuals. The vertical dashed line indicates the range
of the variogram. The zero value at the origin shows that the process is spatially continuous, its parabolic behavior at short distances that it is even
differentiable. Distance lag on the x coordinate axes means distance between measurements.

D. Step 4: Variogram fitting

Figure 4 presents the variograms of the residuals (com-
puted from relative sound pressure levels) for both drift mod-
els for the 1 kHz data. The usefulness of a linear component
in the drift is obvious, because it decreases the variance of
the residuals (represented by a horizontal dashed line) as
well as the variogram by a factor of 5. Both variograms
present no discontinuity at the origin, which means that data
do not seem to be affected by measurement errors. Both
variograms show a parabolic behavior at short distances,
which is the expression of a spatial continuity and differen-
tiability of the acoustic field, which is consistent with physi-
cal intuition. They reach a sill at a distance of about 100 m
(shorter when a linear component is included in the drift).
That distance, called the range, measures the correlation
length of the random part of the phenomenon. Kriging makes
use of a theoretical variogram model that we have to fit to
the sample variogram of the residuals. A great variety of
theoretical models exist in the literature, but since we are
interested in models with a parabolic behavior at the origin,
we only checked the Gaussian model and the cubic model.
The latter appeared as the most appropriate. Its expression is

h2 h3 5 7
k) = 0(7? - 35/45 + 7/2; - 3/47) for h <r

v forh=r,

(22)

where £ is the spatial separation—also called lag—between
two locations in meters, r is the range of the variogram (in
meters), and v the sill of the variogram (in dB?). The range
and sill of all sample variograms were fitted manually by
eye-fit. For eye-fitting, the three most important features are
the value at lag O (the nugget effect), the range, and the total
sill of the sample variogram. Depending on the geostatistical

J. Acoust. Soc. Am., Vol. 126, No. 6, December 2009

software, the fitting procedure may be more or less flexible
depending on the interactive interface of the software. For an
automatic process of kriging, automatic procedures also
exist,' using maximum likelihood methods for instance.

E. Step 5: Prediction

Prediction was achieved by the application of kriging
formulas (prediction and prediction error) at any location on
the prediction grid. The prediction grid had a 2-m sized dis-
crete mesh (7500 interpolation points). The kriging weights
w, were computed from the system of equations (9). Figure
5 depicts kriging results with both external drift models. Top
graphs are the interpolation results. Bottom graphs are the
kriging standard-deviation maps. Prediction locations closer
to the measurement locations obtain a lower standard devia-
tion value (becoming zero at the measurement locations as
exactness is by design a property of the kriging predictor—
see Sec. II).

V. RESULTS AND DISCUSSION

The above procedure was repeated for each 15-min vali-
dated sample (Leqys min) during the whole day of 22 June
2005 for 100 Hz and 1 kHz 1/3-octave bands. At both fre-
quency bands, the method worked well. All variograms
showed a parabolic behavior at the origin, indicating differ-
entiability of the sound field even at mid-frequency (see Fig.
4). They were easily fitted with a cubic variogram model
(with varying range and sill). At 100 Hz, the sill of the vari-
ogram is ten times lower than at 1 kHz. Such a difference
indicates a better approximation of the field at low frequency
when the external drift includes the Embleton model. At low
frequency, spatial interferences between direct field and re-
flected field have larger structures in a semi-open area.
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FIG. 5. Lannemezan campaign 22 June 2005 between 23:45 LST and 24:00 LST: final interpolation maps of sound attenuation (SPL rel. to ref. microphone,
Leqis min) at 1 kHz (a) without linear drift and (b) including a linear drift; corresponding standard-deviation maps (c) without linear drift and (d) including a

linear drift. Prediction height is 2 m above ground.

Hence we may rely the physical interpretation of the vari-
ogram on the physical structure of the acoustic field.

The Embleton model is not designed to follow the tem-
poral variation in the acoustic field but provides a rough
sketch of the structure of the acoustic field in our simple case
study. It produces a symmetric output model (Fig. 2),
whereas reality shows some anisotropy. This anisotropy was
modeled through the introduction of a linear drift component
in the drift model. The inclusion of the linear drift yields
shorter sill and shorter range of the variogram of residuals,
and lower kriging variances. A linear trend (at the scale of
the data domain) is sufficient to adequately reflect the aniso-
tropy of the acoustic field which can be observed in this case
study with integrated Leqs min samples. Neglecting turbu-
lence and intermittence during the 15-min periods (first-order
approximation), atmospheric effects are mainly related to
vertical mean wind and vertical temperature gradients. The
map of the external drift with a linear component [Fig. 3(b)]
reflects this anisotropy and is close to the corresponding final
kriging map [Fig. 5(b)].
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In the case study (point source, flat and almost homoge-
neous ground), the anisotropy of the acoustic field is mostly
due to wind conditions. Note that the drift is not static. Its
components are estimated at each mapping time step
(15 min), which allows to orientate the drift following the
orientation of the wind.

Interpolation values have to be interpreted together with
the corresponding standard deviation. If we assume a Gauss-
ian distribution for the kriging error, kriging prediction val-
ues are not the reality but the most likely values of the sound
field. The kriging standard deviation measures the accuracy
of the kriging estimate. Thus kriging results have to be inter-
preted with care. When the interpolation location is far from
any measurement, the uncertainty attached to the interpo-
lated value becomes high. As an illustration, one can read the
results at location {x;=200, x,=—100} (following the coordi-
nate system of the maps), where standard deviation is the
highest. The interpolated value with the 95% confidence in-
terval (twice the standard deviation) is

30.0 = 6.0dB without a linear drift,
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24.0 £3.2 dB including a linear drift.

Without a linear drift, the interpolation result is too uncer-
tain. In contrast when the linear drift is included, the confi-
dence interval decreases by 2 and is more acceptable in that
extrapolation situation.

A. Benefits from geostatistics

Through the construction of a hybrid model (a physical
model included in a statistical model), geostatistics leads to
interpretative maps of acoustical levels (sound attenuation
from reference measurements in our case study). If a Gauss-
ian distribution of the kriging error can be assumed, the out-
come of kriging is the local conditional distribution of the
acoustical level, which gives access to probability analysis
(threshold level detection, for instance, confidence intervals).

Results indicate that a cubic variogram model enables a
good fit of the sample variogram of the residuals for the
present case study. The inclusion of the linear drift leads to
low uncertainty even in extrapolation zones and improves
the description of the acoustic field. This leads to an auto-
matic mapping procedure. Input data for the whole procedure
are the mean specific air flow resistivity and acoustically
equivalent thickness of the ground over the whole domain of
study, as well as measurements. The external drift estimation
and the kriging prediction on the grid are fast to compute. As
a consequence, geostatistical methods can provide real-time
mapping procedures for a large band spectrum whose accu-
racy is given by the kriging standard-deviation map.

We applied the kriging procedure with the major as-
sumption that the non-stationarity of the acoustical propaga-
tion can be contained in the drift only, and therefore, we
further assumed that the rest (i.e., the residuals) was station-
ary. Stationarity of the residuals sounds peculiar and may
contradict the physical intuition. However, the external drift
estimation model actually does not fit better the measured
values close to the source than further away, which makes
our assumption reasonable in our application.

Kriging is not designed for extrapolation. Even though it
is tempting to extrapolate outside the data domain, extrapo-
lation of kriging results is not recommended. A pragmatic
reason is that the statistical model, which relies on measured
values, does not have information about the acoustic field
apart from the data. Especially when the drift does not con-
tain enough physical knowledge, the risk of false prediction
may increase. In order to optimize the model inference, a
relevant analysis of the kriging errors would require more
measurement locations. Such analysis is planned in a forth-
coming study.

B. Perspective of applicability

We have provided a simple physical interpretation of the
interpolated values. It is much less obvious for the uncertain-
ties. The main reason is the stationarity of residuals. We can
question the fact that, from a physical perspective, mapping
uncertainty may be of the same level close and further away
from the source. Further validation work on that point is
needed. For instance, a comparison between random pertur-
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bations of numerical prediction with a parabolic equation
model and kriging uncertainty would help to envisage the
issue.

More complex situations are envisaged as new case
studies to test the generalization of the method. We think of
varying properties of the ground (for instance, with sharp
impedance jumps between the source and the measurement
locations). Other existing analytical models could be intro-
duced in the drift as an alternative to the Embleton model.
Different topography and source-receiver geometry should
also be studied.

We handled data sampled along three transects 45°
apart, around the point source. A new modeling attempt
should be carried out with sensors all around the source in
order to deal with upwind and downwind conditions at the
same time.

VI. CONCLUSION

Modeling sound propagation with geostatistical tools
has been shown to be feasible in a simple experimental setup
(omni-directional source, flat, open and almost homogeneous
meadow). Thanks to the integration of an analytical model,
kriging yields maps that have a sound physical interpretation.
The degree of confidence of the interpolation is indicated by
the kriging standard deviation; therefore, statistics in the long
run become possible. However, for a clear physical interpre-
tation of kriging uncertainty, some validation work should be
pursued to compare the mapping uncertainty associated with
kriging maps with that of numerical simulations from a ref-
erence model.

The method that we developed so far does not rely on
meteorological measurements (the analytical model does not
take micrometeorology into account). This could be seen as a
conceptual drawback, but it has the practical advantage to be
operational when a study must be carried out in the field in a
limited time. The Embleton model is adequate for the very
simple setting of the Lannemezan 2005 case study. More
elaborate models might be needed as approximations of the
sound field in other situations. A geostatistical application in
a more complex case study of environmental acoustics is in
progress. For assessing pollution from an industrial plant or
from car traffic, a trade-off must be found between complex-
ity of physical modeling and well-adapted statistical meth-
ods.
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Measurements and inversion of acoustic scattering from
suspensions having broad size distributions
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Measurements are presented from a multi-frequency acoustic backscatter study of aqueous
suspensions of irregularly shaped quartz sediments having broad particle size distributions. Using
the backscattered sound from a homogenous suspension, measurements of the ensemble backscatter
form function and ensemble normalized total scattering cross section were obtained. Three different
size distribution types are examined; namely Gaussian, log-normal, and bi-modal distributions, each
covering a range of particle sizes similar to those observed in sandy marine environments near the
seabed. The measurements of ensemble scattering are compared with theoretical predictions,
derived by integrating the intrinsic scattering properties of the sediments over the probability density
functions of the size distributions used in the present study. The results show that the ensemble
scattering parameters are significant functions of both the width and type of size distribution in
suspension. The impact of errors in size distribution width on inversion predictions of both mean
size and suspended concentration is also examined. The validity of the theoretical predictions is
discussed, along with the implication of the inversion results for using acoustic backscatter data to

measure suspended concentration and particle size in sandy marine environments.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3242374]

PACS number(s): 43.30.Ft, 43.20.Fn, 43.30.Gv, 43.30.Pc [KGF]

I. INTRODUCTION

Suspended marine sands significantly scatter underwater
sound at megahertz frequencies, with the suspended concen-
tration and size controlling the backscattered intensity (Hay,
1991; He and Hay, 1993; Thorne and Buckingham, 2004).
Utilizing this premise, monostatic acoustic backscatter sys-
tems (ABS) have been developed in recent years, designed to
collect profiles of suspended sediments in the bottom 1-2 m
above the bed (Hess and Bedford, 1985; Hay, 1991; Thorne
and Hardcastle, 1997). Acoustics offer the advantages of
non-intrusive measurements, with centimetric resolution, at
turbulent and intra-wave time scales (Thorne and Hanes,
2002).

Early ABS measurements at sea relied on empirical cali-
brations using locally collected sediments, though this ap-
proach could not account for changes in suspended size dis-
tribution (Young er al., 1982; Vincent et al., 1991). More
recently, analytical inversions of multi-frequency ABS data
have facilitated non-empirical estimates of suspended con-
centration and size (Crawford and Hay, 1993; Thorne and
Hardcastle, 1997; Thosteson and Hanes, 1998). Such inver-
sions require knowledge of the acoustic scattering properties
of the particles, typically characterized by two dimensionless
parameters: the backscatter form function, f, and normalized
total scattering cross section, y. Physically, f describes the
backscattering characteristics of a particle relative to its geo-
metrical size, while y quantifies a particle’s total scattering
over all angles, relative to its geometric cross section, and is
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proportional to particle scattering attenuation losses. Both
parameters are further detailed by Thorne and Meral (2008).

For regularly shaped particles such as spheres, algebraic
expressions describing y and f can be derived from theory
(Sheng and Hay, 1988; Thorne ef al., 1993). Theoretical pre-
dictions show that y and f vary significantly with scatterer
size and sound wavelength, often being expressed in terms of
the dimensionless parameter x=ka, where k=27/\, with A
the acoustic wavelength in water, and a the particle radius.
Measurements of f for single spheres have shown close
agreement with theoretical predictions, over a range of x, and
for a variety of materials (Thorne et al., 1992). For irregu-
larly shaped particles however, such as marine sands, no ana-
Iytical theoretical solution exists to describe y and f. Conse-
quently, to facilitate inversion of marine ABS data, y and f
have been determined experimentally for suspensions of
sandy sediments (Flammer, 1962; Hay, 1991; He and Hay,
1993; Schaafsma and Hay, 1997; Thorne and Buckingham,
2004). To assess the variation of y and f with x, these ex-
periments used sediments sieved into i ® size fractions,
where ®=-log,(d), with d the particle diameter in millime-
ters. These }1 ® size fractions produce nominally a single
size in suspension, with the standard deviation of the distri-
bution and range of sizes present being approximately 5%
and *10%, respectively, relative to the mean size.

Marine suspensions contain broader size ranges than
those present in 41'1 ® size fractions, however (Bale and Mor-
ris, 1987; Krank and Milligan, 1991; Stavn and Keen, 2004).
Size distributions of near-bed suspended sediments are often
controlled by those present in the local bed material (Sen-
gupta, 1979; Krank and Milligan, 1991), which are consis-
tently broad in the marine environment (Sval’nov and Alek-
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seeva, 2006). For size distributions, the ensemble y, defined
here as y,, and ensemble f, defined here as f,, are theoreti-
cally determined by integrating values of y and f (being the
single size or }1 @ size fraction values) over the probability
density function (PDF) of the suspension (Sheng and Hay,
1988; Thorne and Campbell, 1992; Thorne and Meral, 2008).
Derivation of the integration expressions for x, and f in-
cludes an assumption that the particles are spherically
shaped; however, there has been no validation of these ex-
pressions by measurement of x, and f,, for broad size distri-
butions of either spherical or irregularly shaped particles.
Modeling studies show that x, and f, vary significantly be-
tween narrow and broad size distributions, suggesting correct
representation of x, and f is important for analytical inver-
sions (Thorne, 2006; Thorne and Meral, 2008).

As ABS use continues to increase, an evaluation of the-
oretical estimates of x, and f, relative to measured values is
timely, as is an assessment of the impact of errors in the size
distribution width on inversion predictions of suspended con-
centration and mean size. These are the aims of the present
study. Here, we present measurements of y, and f,, obtained
from aqueous suspensions of irregularly shaped sandy sedi-
ments, having broad size distributions comparable to those
observed in marine environments. Three distribution types
are examined: log-normal, bi-modal, and Gaussian. In addi-
tion, we assess whether size distribution type per se, rather
than width, has any effect on the ensemble scattering. To this
end, the ensemble scattering parameters are modeled and
compared for log-normal and bi-modal distributions, having
identical values of mean size and relative standard deviation.
Finally, we examine the impact of size distribution errors on
acoustic inversions, for modeled sandy suspensions, using
the general intrinsic scattering properties for quartz sand as
reported previously in the literature (see Thorne and Meral,
2008, for a recent review and synthesis). These general re-
sults are compared to predictions obtained by inverting our
measured acoustic scattering data, obtained from the broad
size distributions presented herein, and specific to the quartz
sand used here.

Il. THEORY

At concentrations low enough for multiple scattering to
be ignored, the ensemble mean-square backscattered pres-
sure Pi for a suspension of spheres is (Sheng and Hay, 1988)

T 21 ) 0
Py= f f f N( f Pb(a)P;*,(a)n(a)da)
o Jo Jn 0

X 12 sin 9drd ¢pd 9, (1)

where P, is the backscattered pressure from a single sphere,
N is the number of particles in an elemental volume, n(a) is
the particle size PDF, 6 and ¢ describe the angular location
of the volume relative to an axis normal to the transducer
face in spherical polar coordinates, ry=r—(rc7/4) and r,=r
+(rc7/4), 7is the pulse duration, ¢ is the speed of sound in
water, r is the range from the transducer face, and * denotes
the complex conjugate. The mass M of spheres of density p
is
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4Npm [~
- PT a*n(a)da; ()

0

hence, substituting the usual expression for P, (Thorne and
Campbell, 1992) and N from Eq. (2) into Eq. (1), and assum-
ing c7<<r, the far field root-mean-square backscattered pres-
sure, P, is

o 172
f a*f(x)’n(a)da

Kol M\"2
Prms = _P<_) OOC— e_zar’ (3)
r
P f a*n(a)da
0
with
3cr\'"?| (™ (2J,(ka, sin 9)\* . 12
Kp=Pyro| — ———— | sinddY| ,
16 0 ka, sin ¥
4)

where P is the pressure at a reference range ry, J; is the first
order Bessel function and describes the directivity function
for a piston transducer, with a, the transducer radiating aper-
ture, € is the angle the sphere subtends to the acoustic axis, f
is the backscattering form function, « is the total attenuation
over the range r, with k and x as previously defined. The total
attenuation includes contributions from water absorption,
ayy, and particle scattering losses, ag, which add linearly,
e.g., a=ay+ag (Sheng and Hay, 1988; Thorne and Camp-
bell, 1992). «y is proportional to the total scattering cross
section, o, of the suspended particles, with as=No,/2
(Sheng and Hay, 1988; Thorne and Campbell, 1992). Con-
ventionally, o, is divided by twice the geometrical area of the
particles to obtain the normalized total scattering cross sec-
tion y. Substituting for N from Eq. (2) thus yields

3MJ x(x)a*n(a)da
0

ag =

4pf a’*n(a)da

0

For the special case of a single size of sphere in suspension,
Egs. (3) and (5) reduce to

12
rms = M<%> e—Zar (6)
r ap
and
3IM
g = ﬁy). (7)

Hence, comparison of Eq. (5) with Eq. (7), and Eq. (3) with
Eq. (6) shows that for a suspension of spherical particles
with some arbitrary size distribution, the ensemble normal-
ized total scattering cross section, x,, and ensemble form
function, f;, can be defined as
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f‘” an(at)dafOc a*x(x)n(a)da

Xo(xop) = - o - (®)
Ja3n(a)da
0
and
o % 172
f an(a)daf a*f(x)’n(a)da
folwg) = | =——=— , 9)
j a’*n(a)da
0

where xy,=ka,, with a; being the mean size of the suspended
size distribution. The mean size and standard deviation, o, of
the suspended size distribution are defined from the PDF as

ay= f‘” an(a)da, (10a)
0
o 12
o= (f (a- ao)zn(a)da) , (10b)
0
Op= (T/ao, (IOC)

with oy the relative standard deviation. Thus, to determine
the ensemble scattering properties at a given sound fre-
quency (and hence x;), for size distributions consisting of
irregularly shaped sands, y, and f,, are typically evaluated
using empirical heuristic expressions to describe the intrinsic
scattering properties of the sediments, y and f, on the right
hand side of Egs. (8) and (9), respectively (Thorne and
Meral, 2008).

lll. METHODS

A. Description of the particles and size distributions
examined

Irregularly shaped quartz sediments were sourced from a
commercial supplier; to ensure the desired size, composi-
tional and shape characteristics were obtained. These sedi-
ments consisted of quarried quartz sand that had been
washed and graded, with the primary composition being 99%
silica. Figure 1 shows a scanning electron micrograph (SEM)
typical of these irregularly shaped particles. The supplied
quartz sediments were sieved into narrow i & size fractions,
providing 20 sub-populations with nominal radii across the
range 11.25-327.5 pum in the standard 411 @ intervals.
Acoustic measurements were initially obtained on suspen-
sions of the individual i & size fractions, to determine the
intrinsic scattering properties, y and f, specific to the sedi-
ments used here. The variation of y and f with frequency and
size, x, was characterized by fitting a heuristic expression to
the resulting measurements, to enable the evaluation of Egs.
(8) and (9), respectively, at all values of x.

All broad size distributions examined were created by
mixing appropriate proportions of the i ® size fractions.
Gaussian, log-normal, and bi-modal size distributions are
common in the marine environment (Horn and Walton, 2007;
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Wb = Booym,

FIG. 1. SEM of the irregularly shaped quartz sediments used in the experi-
ments.

Jonasz, 1983; Soulsby, 1997), and the ensemble scattering
parameters for these three distribution types were measured.
PDFs were modeled for Gaussian, n,(a), log-normal, n,(a),
and bi-modal, n,(a), distributions using

1
ng(a) =~ 0, (11)
g ar
nia) = o~log.(a - mg))2& (12a)
! a\2mé ’
\!
with
E=\log, (gt +1), my=log,(ai/\Nai+ o?) (12b)

and

ny(a) = ea= D20 + 1 ola- x2)2)/20§’
200V2m 20,\27
(13)
with
x1=0.375a,, x,=1.1ay, o0,=270p;, 0,=2.400x,,

where a,, o, and o) are as defined in Eq. (10). To generate a
broad size distribution of a given type, Egs. (11), (12a),
(12b), and (13) were used as an initial guide by modeling the
PDF at 0.25 um intervals from 0 to 1000 wm. Modeled
PDF values at each i @ size were then used to determine the
relative proportions of i @ size fractions to mix, in terms of
the number of particles. However, as the metric width of i b
size fractions varies from one size fraction to the next, and as
the smallest i @ size fraction in the present study had a
nominal radius of 11.25 wum (spanning 10-12.5 wm), the
PDF of the size distribution resulting from mixing the avail-
able 3; ® size fractions would not necessarily equal the origi-
nal modeled PDFE. Therefore, the actual PDF was calculated
for each broad size distribution at each of the J; D sizes
present within the distribution, using
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FIG. 2. PDF for each size distribution examined. Distribution number and
type were as follows: (a) i, Gaussian; (b) ii, log-normal; (c) iii, bi-modal;
and (d) iv, bi-modal. Adjoining lines are for visualization purposes only.
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— 14
NTAa[' ( )

n(ai) =

where n(a;) was the PDF value for size fraction i, a; was the
nominal radius of size fraction i, N; was the number of par-
ticles to be contributed by size fraction i, Aa; was the metric
interval between q; and a,_;, and Ny was the total number of
particles in the resulting broad size distribution. The result-
ing PDFs of each broad size distribution used in the experi-
ments are presented in Fig. 2. All the PDFs presented in Fig.
2 satisfied the criterion that

i=20
J n(a;)da;=1, (15)

=1

where da; is in meters. To physically mix the distributions,
the number of particles for each }‘ ® size fraction present in
a given distribution was subsequently converted to a mass,
M, using
4ar

Miz_

3 a’Np, (16)

where p was the density of the particles being mixed
(2650 kg m~3). The required mass of each ‘1; d size fraction
was then weighed, and the broad size distribution created by
mixing together the individual contributions from each Al-t b
size fraction present. Values of a, and o, were calculated for
each broad size distribution following Eq. (10), using the

appropriate PDF (see Fig. 2). Additionally, broad size distri-
butions were further characterized in terms of the corre-
sponding mass distribution statistics. The mass distributions
were described using the median diameter (ds), the geomet-
ric standard deviation (Soulsby, 1997), the inclusive graphic
skewness, and the graphic kurtosis (Krumbein, 1939; Folk
and Ward, 1957). The last two parameters are often used by
sedimentologists when describing grain size distributions by
mass. The inclusive graphic skewness is positive or negative
when more fine or coarse materials are present, respectively,
than would be present in a Gaussian mass distribution. Fol-
lowing Krumbein (1939), relatively flat mass distributions
have high graphic kurtosis, while those of a peaked nature
have lower values. A summary of the statistics for each size
distribution shown in Fig. 2 is provided in Table I. The SEM
image of the particles presented in Fig. 1 were obtained from
size distribution iv [see Table I and Fig. 2(d)].

B. Experimental arrangement

Scattering measurements were obtained in a sediment
tower specifically designed for ABS studies, shown in Fig. 3.
The sediment tower has been described previously (see
Thorne and Buckingham, 2004), and is briefly summarized
here. The tower was filled with mains supply water
(~133 1), passed through a 20 wm aperture filter, and al-
lowed to warm to room temperature and degas for 3—4 days
before measurements commenced. A known mass of scatter-
ers were added to the tower and maintained in suspension by
continuously circulating water from the bottom back to the
top via the pump assembly (see Fig. 3). The pumps operated
at half maximum capacity to prevent pump cavitation and
minimize the possibility of introducing air bubbles into the
system. The pumped suspension was re-introduced below the
upper water surface via a mixing chamber designed to ho-
mogenize the suspended particles without the entrainment of
air. Providing an additional means of homogenization, a ro-
tating mixing assemblage was mounted in the lower half of
the tower, rotating at a constant rate of ~1 rev/s. This ar-
rangement generated a homogenous suspension within the
immediate 1 m or so below the transducers, the uniformity of
which has been examined elsewhere (Thorne and Bucking-
ham, 2004; Betteridge et al., 2008).

Scattering measurements were collected using a four fre-
quency AQUATEC® AQUAscat ABS, operating at 0.5, 1, 2,
and 4 MHz. The AQUAscat transducers were mounted in the
top of the tower, facing directly down to insonify the central

TABLE I. Summary of grain size distribution statistics for each distribution shown in Fig. 2. Distribution type,
mean size (a), and relative standard deviation (o) describe the PDF of the particle size distribution. Median
size (dsg), geometric standard deviation (o), inclusive graphic skewness (Sk;), and graphic kurtosis (Kgq,)
describe the statistics in terms of the corresponding mass distributions.

ag dso
Distribution Type (pm) (pm) T, Sk; Kq,
i Gaussian 50 0.40 136 1.3 0.13 1.0
ii Log-normal 50 0.40 144 1.5 —0.01 1.0
iii Bi-modal 69 0.61 288 1.3 0.41 1.5
iv Bi-modal 49 0.61 202 1.2 0.43 1.6
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FIG. 3. (Color online) The sediment tower, showing the ABS transducers,
mixing assemblage, and pumps.

axis (see Fig. 3). The AQUAscat measured the envelope of
the backscattered signal at intervals of 0.01 m over a range of
1.28 m. A pulse repetition frequency of 4 Hz was used (to
allow each transmission to fully dissipate before the next
transmission) with a system generated ensemble average pro-
duced over 32 transmissions, generating 1 recorded profile
every 8 s. Prior to the introduction of any scatterers, back-
scattered profiles were recorded for 1 h to measure the back-
ground signal due to any residual scatterers not removed by
the 20 um aperture filter. After adding a known mass of
scatterers to the tower, the system was left to homogenize for
1 h before backscattered profiles were collected. Pump
samples were collected at four depths beneath the transduc-
ers (0.25, 0.45, 0.65, and 0.85 m), to measure the mass con-
centration in suspension. Pumped sediments were returned to
the tower, which was left to re-equilibrate overnight before a
second batch of particles was added to obtain measurements
at a second concentration the following day, after which the
tower was again pump sampled as before. Sediment tower
water temperature was monitored throughout the experi-
ments using a standard mercury filled thermometer, placed
behind the transducers. Temperature was measured to enable
accurate calculation of the speed of sound and, hence, wave-
number k, and x. After each experiment, all particles with
radii >10 um were removed using a 20 um aperture net.
The tower was then emptied and rinsed, with the above pro-
cess repeated for the next experiment.
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TABLE II. Operating frequencies, radiating aperture, a,, and mean system
calibration constants, K,, for the four frequency AQUAscat ABS. S.D. de-
notes 1 standard deviation about the mean.

Operating frequency a, K,
(MHz) (mm) (Vm??) =S.D.
0.500 10.0 0.0126 =0.0014
1.015 9.0 0.0264 =0.0031
2.015 4.8 0.0164 =0.0020
4.020 49 0.0163£0.0017

C. Obtaining x, and f, from the ABS measurements

For a homogenous suspension, as was the case here,
then from Egs. (3), (8), and (9), the root-mean-square voltage
recorded by an ABS, V.., received from multiple spherical
scatters with an arbitrary size distribution at range r is

KK M1/2
Vrms(r) = lrl;(—r)e—Zr(aWo—as)’ (17)
with
2\ 12
Kg= ( _0> (18)
aopp
and
3M
ag= >0, (19)
4aop

where K,=gKpR, with Kp as defined in Eq. (4), R is the
receive sensitivity, g is the electronic gain of the system, ¢/
accounts for the transducer near field correction (Downing et
al., 1995), and all other terms are as defined earlier. Equation
(17) requires knowledge of the system constants K,. Hence,
the ABS was calibrated following the procedure of Bet-
teridge et al. (2008), with K, determined before and after the
experiments, to check system stability. Mean system con-
stants and other transducer characteristics are provided in
Table 11, for each operating frequency.

Taking the log transformation of Eq. (17) gives (Thorne
and Buckingham, 2004)

10g,(Vimsrth) =10g (K,KsM'"?) = 2r(ay + ay). (20)

Thus, a linear regression of log, (V. ¥) on range yields a
slope of —2(ay+as), which, provided M, p, and a, are
known, can be solved for y, (or equivalently, y for suspen-
sions containing nominally a single size), with ay taken
from the literature (Kaye and Laby, 1986). Here, the slope,
a, was calculated using ABS data obtained at ranges between
0.2 and 0.8 m. The lower limit was set to fully avoid
transmitter-receiver cross-talk interference following trans-
mission, with the upper limit set to reduce signal to noise
problems at longer ranges. In this way, accurate estimates of
Xo could be obtained providing ag= ay. Where ag<ay,
small errors in « diminish the accuracy of the estimated .
This limitation, combined with the maximum sediment con-
centration that would not damage the pumps being ~2 gl™!,
resulted in measurements of y and x, being usually obtain-
able at 4 MHz only. To utilize ABS data at lower operating
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frequencies, f, was calculated using V., and modeled values
of xo to compute «g, rearranging Eq. (17) as

V /
I’msrw\'aopeﬂ(auﬁag) )

KZMI/Z (21)

fo=

The modeled values of y, were calculated by integrating the
heuristic estimates of y over the appropriate PDF. This ap-
proach is valid only if the modeled values of y, are suitably
accurate. Numerical simulations showed a 10% error in Y,
resulted in maximum errors of 0.1%, 0.6%, 2.8%, and 8.8%
in the resulting values of f,, for sound frequencies of 0.5, 1,
2, and 4 MHz, respectively, at the maximum concentrations
used of ~1 gl™! (data not shown). Similarly, Eq. (21) was
used to obtain f for suspensions containing nominally a
single size, using the heuristic estimates of y to compute «g.

D. Acoustic inversion

Acoustic inversions were conducted using a recently de-
scribed technique (Thorne et al., 2007). Following this tech-
nique, the ratio of the mean of the mass concentration pre-
dicted at each operating frequency, (M), and the standard
deviation about this mean, o,,;, was calculated across a range
of mean particle sizes, 5—400 um, in 0.25 wm intervals.
The inversion predicted mean size was obtained from the
minimum in the ratio o,,/(M). The inversion technique cal-
culates mass concentration iteratively, until convergence at
each particle size examined is achieved. The scheme steps
through the ABS profile, completing the estimates of mean
size and suspended concentration at range r,, before moving
on to range r,,,. For measured profiles of V,,,, the inversion
technique was calculated initially to obtain profiles of pre-
dicted mean size, a;. The profile mean a; was then used to
calculate the inversion to produce smoothed profiles of pre-
dicted suspended concentration, M;. In the present study, the
inversion was conducted for ABS operating frequencies of
0.5, 1, and 2 MHz. The 4 MHz data were not used because
the high attenuation at this operating frequency produced
inversion instabilities. Due to the problem of cross talk al-
ready mentioned above, inversion results from the first ten
ABS bins were also not used.

IV. RESULTS

A. Intrinsic scattering properties of the irregularly
shaped quartz sediments

Initially, acoustic backscatter data were collected from
suspensions consisting of the 41'1 @ size fractions. The nominal
radii of the :—1 @ size fractions for which measurements were
obtained were 49, 82.5, 98, 115.5, 137.5, 163.75, and
195 um, thus spanning the very fine sand to medium sand
size classes on the Wentworth grain size scale. From a re-
gression of log,(V,msir) on r, and using Egs. (19) and (20),
measured values of x were derived from the 4 MHz acoustic
backscatter data for all :—1 ® size fractions, and also at 2 MHz
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FIG. 4. Measurements of (a) y and (b) f, obtained from i ® suspensions of
irregularly shaped quartz sediments. The heuristic fits to the measurements
are also shown (—).

for the 115.5 um size fraction. The measurements are pre-
sented in Fig. 4(a), with each value of y shown representing
the mean of at least two runs in the sediment tower, and error
bars denoting *1 standard deviation about this mean. Mea-
surements of y at the other ABS operating frequencies were
not derived due to ag= ayy at the suspended concentrations
used. The heuristic expression fitted to the measured y was
similar to those reported by others (Sheng and Hay, 1988;
Thorne and Meral, 2008), being algebraically

0.29x*
0.92+0.9x%+0.21x*

x(x) = (22)

This expression, shown as the solid line in Fig. 4(a), repro-
duced the observed variation of y with x, increasing from the
Rayleigh regime (x<<1) to a steady plateau in the geometric
scattering regime (x> 1). For the Rayleigh regime, Eq. (22)
reduces to y(x)=0.32x*, while for the geometric regime, x(x)
tended to a constant value of 1.4.

Measurements of f, derived from the ABS data obtained
from the same suspensions, are shown in Fig. 4(b). Figure
4(b) shows measurements of f obtained from all four ABS
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operating frequencies. This was achieved by modeling y us-
ing Eq. (22), at all operating frequencies, and deriving f from
the measured V., using Eq. (21). The 0.5 MHz transducer
was unavailable during the 82.5, 163.75, and 195 um size
fraction measurements. The heuristic expression fitted to the
measured f values was

f(x) _ U102U3X2

= 23
1+0.56x> (23)

with

v =1-(021e"" 1.6)/0.55)2)
vy=1+ (036~ ().3)/0.8)2)

v3=1+(0.53¢~ 2.55)/0.95)2)

which again reproduced the observed features of the data,
namely, the increase in f from small x, the point of inflexion
in the x=1-2 region, and the plateau at large x. For the
Rayleigh regime, Eq. (23) reduces to f(x)=1.26x% while for
the geometric regime, f(x) tended to a constant value of 1.8.

B. Scattering from suspensions of irregularly shaped
quartz sediments with broad particle size
distributions

With the intrinsic scattering properties of the irregularly
shaped quartz sediments determined [see Egs. (22) and (23)],
acoustic backscatter data were collected from four separate
suspensions of these sands, with the suspensions having size
distributions i, ii, iii, and iv, as defined in Fig. 2 and Table 1.
Figure 5 presents the resulting measured values of ;. Figure
5(a) presents y, obtained from Gaussian distribution i and
log-normal distribution ii, while Fig. 5(b) presents y, ob-
tained from both bi-modal distributions iii and iv. Measure-
ments of x, were obtained at 4 MHz for all distributions, and
additionally at 2 MHz for bi-modal distribution iii. While the
number of measurements was limited, Fig. 5 shows close
agreement between the measurements and theoretical predic-
tions [derived from Egs. (8) and (22)]. Error bars denote *1
standard deviation about the mean of two runs, and were
typically smaller than the graphic symbol. While the mean
size of bi-modal distribution iii was different from bi-modal
distribution iv, the theoretical prediction curves for these two
size distributions were identical [the solid line in Fig. 5(b)],
due to the relative standard deviation and distribution type of
their respective PDFs being the same (see Table I). The the-
oretical predictions shown in Fig. 5 clearly illustrate the ef-
fect the presence of a size distribution has on the ensemble
scattering. Relative to the intrinsic scattering properties of
the irregularly shaped quartz sediments (the dotted line in
Fig. 5), Fig. 5 shows that x, was elevated at x,<<1.6 while
generally being reduced at x,> 1.6 for all four size distribu-
tions. Indeed, Fig. 5(b) shows that at x,=0.25, the theoreti-
cal predictions of y, for the bi-modal distributions are en-
hanced by an order of magnitude relative to the intrinsic y
represented by Eq. (22). Figure 5 also illustrates that as the
size distribution width increases (from 0,=0.4 for the log-
normal and Gaussian, to g5=0.61 for both bi-modal distribu-
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tions), the degree to which the ensemble scattering is
changed relative to the intrinsic scattering also increases.

Measurements of f, derived from the same suspensions
are presented in Fig. 6. Figure 6(a) presents f;, obtained from
Gaussian distribution i and log-normal distribution ii, while
Fig. 6(b) presents f,, obtained from both bi-modal distribu-
tions iii and iv. Figures 6(a) and 6(b) show measurements of
fo obtained from all four ABS operating frequencies, ob-
tained by modeling x, using Eq. (22) in Eq. (8) employing
the appropriate PDFs (see Fig. 2), and deriving f,, from the
measured V.., using Eq. (21). Figure 6 shows close agree-
ment between the measured values of f derived in this way,
and the theoretical predictions [derived from Egs. (9) and
(23)] for all size distributions and across an order of magni-
tude range in x,. The effect of the presence of a size distri-
bution on the backscattering is similar to that described
above for y,, with backscattering generally enhanced at x
<1.8 and reduced at x,>1.8, with the degree of change
increasing as distribution width (o) increases.

It is worth noting that despite both the Gaussian and
log-normal distributions (i and ii) having the same mean size
and relative standard deviation (see Table I), Figs. 5(a) and
6(a) show that at values of x, below ~1, the enhancement of

107 f a S
107}
Xo
ol . ....... Equation 22
S == Gaussian, model
Log-normal, model
{  Gaussian, a =50um
O  Log-normal, a =50um
3 L
1075 o !
10 10 10
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107"}
Xo
107}
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Bi-modal, model
A Bi-modal, a =69um
O  Bi-modal, a;=49um
-3 L
1075 o '
10 10 0
X

FIG. 5. Measurements of x, obtained from distributions (a) i, Gaussian (<)
and ii, log-normal (O), and (b) iii, bi-modal (A) and iv, bi-modal (CJ).
Theoretical predictions are shown for distributions (a) i (-.-) and ii (—), and
(b) iii and iv (—). Equation (22) is also shown (...).
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FIG. 6. Measurements of f;, obtained from distributions (a) i, Gaussian (<)
and ii, log-normal (O), and (b) iii, bi-modal (A) and iv, bi-modal (OJ).
Theoretical predictions are shown for distributions (a) i (-.-) and ii (—), and
(b) iii and iv (—). Equation (23) is also shown (...).

Xo and f;, for the log-normal distribution relative to the in-
trinsic scattering properties was greater than that observed
for the Gaussian distribution. It is encouraging that the mea-
surements for distributions i and ii generally resolved this
small difference, though it is acknowledged that not all mea-
sured values were in perfect agreement with their respective
theoretical predictions.

C. Modeling evaluation of the effect of size
distribution type on y, and f;

Figures 5(a) and 6(a) showed that for size distributions
with identical a; and oy, the resulting ensemble scattering
parameters were to some degree dependent on the size dis-
tribution type, with both x, and f, elevated for the log-
normal distribution relative to the Gaussian distribution. To
further establish the degree to which distribution type can
influence ensemble scattering, we compared estimates of X,
and f|, obtained from modeled log-normal and bi-modal dis-
tributions having identical a, and oy. Modeled PDFs were
calculated for log-normal and bi-modal distribution types us-
ing Egs. (12) and (13), respectively. For the bi-modal distri-
butions,
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FIG. 7. Modeled predictions of ensemble scattering for log-normal (---) and
bi-modal (—) size distributions having a,=100 um for (a) x, with o
=0.4, (b) xo with 0p=0.6, (¢) f, with 04=0.4, and (d) f, with ¢;=0.6. The
intrinsic scattering properties are also shown (...).

X1 = (1 - [015 + 0.80‘0])a0,

.X2=(1 +[O.15+0.80'0])Cl0, gy 20.50', 0,=0, (24)

where from Eq. (10), o=0ya,. While the form of x; and x,
may seem somewhat complex, this was necessary to ensure
that at small oy, the two peaks in the bi-modal PDFs were
sufficiently close together, while at large oy, the two peaks
did not merge.

Two log-normal distributions were modeled using Eq.
(12), with ay=100 wm and oy set to 0.4 and 0.6. Similarly,
two bi-modal distributions were modeled using Eq. (13) for
the same set of ay and o, values. Using Egs. (8) and (9),
respectively, x, and f,; were calculated for each modeled size
distribution. The resulting theoretical predictions for each
combination of a, and oy, are presented for y, in Figs. 7(a)
and 7(b), and f, in Figs. 7(c) and 7(d). Figure 7 shows that
the effect of size distribution type on the ensemble scattering
parameters is greatest at low x,, and increases as the width
(ay) of the distributions increases. Figure 7 also shows that
in the Rayleigh scattering regime (x,<<1), both x, and f, are
greater for a log-normal distribution compared to the bi-
modal distribution, while in the geometric scattering regime
(xg>1), xo and f, are slightly greater for the bi-modal dis-
tribution. For the broadest size distributions modeled (o
=0.6), Fig. 7 shows that significant differences exist between
the log-normal and bi-modal distributions at xy<<0.5 for x,
[Fig. 7(b)], and at x,<0.3 for f; [Fig. 7(d)].

D. Quantifying the effects of size distribution errors
on acoustic inversions

The impact of errors in size distribution width on ABS
inversion estimates of mean size and suspended concentra-
tion was examined. Using the scattering measurements col-
lected from log-normal size distribution ii (see Fig. 2 and
Table 1), inversions were computed with the relative standard
deviation of the size distributions used in the inversions, oy,
ranging from 0.1 to 0.8. Figure 8 presents profiles of inver-
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sion predicted mean size, a;, and suspended concentration,
M, obtained from size distribution ii by calculating the in-
version with o;=0y, with 0,=0.250,, and with 0;,=20,
where 0y,=0.4 for size distribution ii (see Table I). Figure
8(b) includes the pump sampled suspended concentrations,
with the error bars indicating the typical accuracy achieved
using this technique, determined from previous tests in the
sediment tower (=20%). With the size distribution properly
accounted for, o;=0y, Fig. 8(a) shows that the inversion pre-
dicted mean size was close to the known mean size of dis-
tribution ii (50 wm, see Table I). Similarly, Fig. 8(b) shows
that with o;=0y, the inversion predicted suspended concen-
trations were in close agreement to the concentrations ob-
tained from the pump samples. In contrast, Fig. 8 shows that
with the size distribution width underestimated, 0;=0.250y,
predicted mean sizes were overestimated, while predicted
suspended concentrations were underestimated. This pattern
was reversed if the size distribution width was overesti-
mated, 0;=20y, and it is worth highlighting that both pre-
dicted mean sizes and predicted suspended concentrations
were most sensitive to overestimated distribution widths.
Further to the above inversions of the measured scatter-
ing data obtained from size distribution ii, additional inver-
sion results obtained from modeled scattering data were also
examined. Modeled scattering data were included for two
reasons: to enable a more detailed assessment than was prac-
tical using laboratory measurements alone, and to enable the
generation of inversion results representative of quartz based
sands in general, by using the average of the intrinsic scat-
tering properties observed for quartz sand reported elsewhere
in the literature (see Thorne and Meral, 2008). Thus, V.
was modeled using Egs. (17)—(19), and employing the heu-
ristic expressions for y and f presented in Thorne and Meral,
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2008. The modeled V,,, was calculated for log-normal size
distributions having o,=0.4, being equal to o for size dis-
tribution ii (see Table I), and with a, in the range
50—150 wm, and M=0.5 gl~'. This choice of a, and M is
typical of the range of near-bed values reported in previous
ABS studies (Crawford and Hay, 1993; Thorne et al., 1993;
Vincent, 2007).

The results of inverting the modeled scattering data are
presented in Fig. 9 (lines). Figure 9 presents inversion pre-
dicted mean sizes, a;, and suspended concentrations, M, nor-
malized by aq and M, respectively, obtained by computing
the inversions with o; ranging from 0.1 to 0.8, and using the
appropriate (Thorne and Meral, 2008) scattering properties.
Figure 9 includes a;/ay and M;/M for modeled suspensions
having three different mean sizes of ay=50, 100, and
150 pm. Figure 9 shows that while the variation of a;/q,
and M,;/M with o;/ oy, was similar for all three modeled sus-
pensions, the degree to which a; and M; were altered by
errors in o; was a function of the mean size in suspension,
increasing as the mean size of the suspension decreased. For
comparison with these modeling results, Fig. 9 also includes
inversion estimates of a;/a, and M;/M as a function of
o/ 0y, obtained by inverting the scattering measurements
from size distribution ii. Thus, the symbols in Fig. 9(a) rep-
resent the profile mean a;/a, obtained from size distribution
ii, with error bars denoting *1 standard deviation about this
mean. In Fig. 9(b), the symbols represent the mean M,/ M
obtained from size distribution ii, at the three pump sample
depths within the profile, obtained using the profile mean a;.
The error bars in Fig. 9(b) indicate the range of M;/M, ob-
tained by calculating the inversions with a@; in the range
a;* a(a;). Figure 9 shows that as could reasonably be ex-
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size distribution width, o,/ o, for a log-normal size distribution. Results are shown for modeled suspensions at three mean sizes (lines) and for the laboratory
data obtained from size distribution ii (o).

pected, the inversion predictions from size distribution ii
were in closest agreement to the modeled data with a
=50 wm, equal to the mean size of distribution ii (see
Table I).

A comparable assessment of errors in size distribution
width on inversion estimates for the Gaussian and bi-modal
distributions presented within this paper was not possible.
This was because overestimated distribution widths for both
distribution types, for mean sizes in the range studied here,
lead to significant portions of the PDF being cut off at
0 wm, resulting in Eq. (15) no longer being satisfied. Addi-
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tionally for bi-modal distributions, both under and overesti-
mation of distribution width caused the two modes to merge
for size distributions iii and iv. However, it was possible to
examine the impact of underestimating the size distribution
width for distribution i (Gaussian), and it was considered
useful to also explore the impact of erroneously including an
additional coarser mode in the size distribution used in the
inversion. The later error could conceivably occur in the
analysis of field data, for example, if only the fine mode of a
bi-modal bed distribution were resuspended, with the bed
distribution being used to calculate the inversion. Figure 10
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FIG. 10. Inversion predicted profiles of (a) mean size, a;, and (b) suspended concentration, M,, derived from the laboratory data obtained from size distribution

i. Inversion results are shown for o;=0y (—), 0;=0.250; (...), and using bi-modal distribution iii in the inversion (---), along with the pump sampled
concentrations in (b).
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presents profiles of a@; and M, obtained from distribution i, by
calculating the inversion with ;=0 and 0;=0.250, and by
calculating the inversion using bi-modal distribution iii
shown in Fig. 2(c). Figure 10 shows that with the size dis-
tribution width underestimated, predicted mean sizes were
overestimated, as observed for the log-normal distributions
above. However, predicted suspended concentrations for oy
=0.250, were relatively unchanged compared with the oy
=0 case [see Fig. 10(b)]. With the scattering measurements
obtained from size distribution i, inverted using the bi-modal
distribution and mean size of distribution iii (see Fig. 2 and
Table I), predicted suspended concentrations were signifi-
cantly underestimated relative to the pump sampled concen-
tration. These results demonstrate the importance of properly
accounting for the suspended size distribution in non-
empirical analytical inversion schemes.

V. DISCUSSION AND CONCLUSION

The successful application of acoustics to the measure-
ment of suspended sediments hinges on the analytical inver-
sions used to extract the parameters of interest, namely, the
suspended concentration and mean size. Most reported inver-
sion techniques account for the presence of a size distribu-
tion by employing the spherical integration approach de-
scribed by Egs. (8) and (9) (Hay and Sheng, 1992; Thorne
and Hardcastle, 1997; Thosteson and Hanes, 1998). Previ-
ously, these expressions have received indirect operational
validation only, by comparing ABS predictions to estimates
obtained from independent methods, such as optical back-
scatter. Favorable comparisons were not always obtained,
however, particularly in high energy environments where
sources of uncertainties are difficult to pinpoint (Hay and
Sheng, 1992; Schat, 1997; Thorne et al., 2007). As the en-
semble scattering expressions are derived for spheres, it
would seem reasonable to assess this spherical integration
approach for natural marine sediments, which are typically
irregularly shaped and of an angular nature. Perhaps of
greater significance, the effects of uncertainties in suspended
size distribution on acoustic inversions have not been previ-
ously demonstrated. The present study is the first to address
these two interrelated issues, providing the first independent
evaluation of the spherical integration approach for suspen-
sions of irregularly shaped particles having broad size distri-
butions, and quantifying the impact of errors in size distribu-
tion width on inversion predictions of mean size and
suspended concentration.

The intrinsic scattering properties of the irregularly
shaped quartz sediments used in the present study could not
be described theoretically. Consequently, these were charac-
terized following the approach adopted by others (Crawford
and Hay, 1993; Thorne and Buckingham, 2004), using sus-
pensions of i @ size fractions to obtain discrete measure-
ments (Fig. 4). Our resulting measured values of y and f fall
well within the range reported by others for quartz based
sandy sediments, and show a similar variation with x
(Thorne and Meral, 2008). The heuristic expressions fitted to
the x and f observed in the present study differ only slightly
in form to those presented in Thorne and Meral, 2008, with x
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being a maximum of ~1.2 times greater, and f being ~1.6
times greater here than the average values reported by
Thorne and Meral (2008), in the geometric scattering regime.
No significant difference existed at values of x<<0.7.

Figure 5 showed close agreement between the modeled
and measured values of y,, though some scatter about the
model predictions was apparent. The degree of scatter ob-
served in Fig. 5, however (root-mean-square deviation of
0.015), was smaller than the scatter of measured y around
the fitted heuristic expression shown in Fig. 4(a) (root-mean-
square deviation of 0.031). Therefore, at least some of the
scatter in Fig. 5 was likely to be due to uncertainties in the
theoretical predictions of x,. This overall close agreement
between modeled and measured values of y, (Fig. 4) justified
the approach of modeling x, to obtain f; from the ABS mea-
surements, and suggested that this did not introduce any sig-
nificant source of error, or biasing. Generally, the measured
fo showed even closer agreement to the modeled values,
though again, a small degree of scatter was observed (Fig. 6).
Sources of this scatter likely include both the uncertainties in
Xo- as well small uncertainties in the measured ABS system
constants, K, (presented in Table II). As the measured values
of f, were inversely proportional to K, [see Eq. (21)], any
error in K, would propagate during the calculation of f,,, with
the error being potentially different for each operating fre-
quency. In contrast, the measured values of y, were com-
pletely independent of K, as y, was obtained from the slope
of Eq. (20) only. Following the usual rules of uncertainty
propagation, i.e., that fractional uncertainties add in quadra-
ture (Taylor, 1997), we estimate that if the K, values pre-
sented in Table I were offset by only 1 standard deviation,
the corresponding uncertainty in f, would be ~10% for each
of the four operating frequencies. Errors of this magnitude
would account for most of the departures from the theoretical
predictions observed in Fig. 6. The results presented in Figs.
5 and 6 suggest that the spherical integration approach is
valid for use with irregularly shaped particles, and is appli-
cable to the inversion of marine ABS data.

The measurements and theoretical predictions show that
the effect of a size distribution is to typically enhance scat-
tering in the Rayleigh regime, while reducing scattering in
the geometrical regime. It is worth highlighting the physical
reason as to why this behavior occurs, which is due to the
nature of the variation of the intrinsic scattering properties, y
and f, with x. At low values of x, y and f increase rapidly
with increasing x (y«x*,fox?), while above x~2, x and
f reach a plateau and thereafter remain relatively constant
with increasing x (see Fig. 4 and Sec. IV A). Hence, for x
(=kagy) <2, the scattering properties of a single size particle
are strongly dependent on x,, and, consequently, for a given
broad size distribution with the same mean size, scattering
from the larger particles more than offsets the reduced scat-
tering from the smaller particles, resulting in increased scat-
tering relative to the single size case. In contrast, for x,>2,
the single size case has scattering properties defined by the
constant region, and consequently for a broad size distribu-
tion with the same mean size, the scattering by the larger
particles does not compensate for the reduction in scattering
that occurs due to the smaller particles, with the net effect
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being a decrease in the scattering relative to the single size
case. The dependency on size distribution type observed in
Figs. 5(a), 6(a), and 7 can be understood by considering this
physical behavior for, e.g., log-normal and Gaussian distri-
butions with the same mean size and relative standard devia-
tion. As the size range of the log-normal distribution is bi-
ased toward larger particles compared with the Gaussian
distribution [see Figs. 2(a) and 2(b)], the ensemble scattering
at xy<2 is consequently greater for the log-normal distribu-
tion than for the Gaussian, as was observed in both the mea-
surements and theoretical predictions [see Figs. 5(a) and
6(a)].

The above mechanism is also responsible for the impact
of errors in size distribution width being a function of the
mean size of the suspension (see Fig. 9). At the ABS oper-
ating frequencies used here for the inversions, 0.5, 1, and 2
MHz, scattering from suspensions with mean sizes in the
very fine sand size range is firmly in the Rayleigh regime,
with x,<<0.5. Hence, at these low x values, errors in size
distribution width result in significant modifications to the
ensemble scattering (see Figs. 5 and 6), leading to substantial
errors in the inversion predictions of mean size and sus-
pended concentration. In contrast, scattering from suspen-
sions with mean sizes in the medium sand size range has x
values in the region of unity and extending into the geomet-
ric scattering regime. Hence, as Figs. 5(a) and 6(a) show,
errors in size distribution width have a reduced impact on the
ensemble scattering for log-normal size distributions at these
higher x, values, compared with x;<<0.5, and consequently
the resulting errors in the inversion predictions of mean size
and suspended concentration are therefore reduced.

The agreement between the modeled and measured in-
version results shown in Fig. 9 is perhaps to be expected,
given the small differences between the Thorne and Meral
(2008) intrinsic scattering expressions, used in the model,
and those specific to the sand used here, Egs. (22) and (23),
as quantified above. Both the measured and model inversion
results show that for underestimated size distribution widths,
predicted mean sizes were overestimated, while for overesti-
mated size distributions the predicted mean sizes were un-
derestimated. This occurs because an underestimated size
distribution width results in reduced ensemble scattering, and
hence to account for the observed scattering, an increase in
inverted mean size results. Similarly, an overestimated size
distribution width results in enhanced ensemble scattering,
and hence to account for the observed scattering a decrease
in inverted mean size results. The differences in the effect of
underestimated size distribution width on predicted mean
size observed for distributions ii and i [Figs. 8(a) and 10(a),
respectively], can therefore be related to the differences ob-
served in the ensemble scattering properties for these two
distributions [see Figs. 5(a) and 6(a)]. For Gaussian distribu-
tion i, o and f,, are lower than for log-normal distribution ii,
despite the two size distributions having the same relative
standard deviation and mean size. Consequently, for oy
=0.250y, the predicted mean size from distribution 1 is not
overestimated as much as a; obtained from distribution ii to
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account for the observed scattering. This in turn results in a
lower error in the predicted suspended concentrations for dis-
tribution i.

Figure 9 shows what at first glance may appear to be an
apparent contradiction in the variation of uncertainties with
o,/ o for the measured inversion predictions. In Fig. 9(a),
the uncertainties in a;/a, are greatest for underestimated size
distribution widths, o,/ g,<1, while in Fig. 9(b) the uncer-
tainties in M;/ M are greatest for overestimated size distribu-
tion widths, o,/ 0y> 1. This behavior is also due to the nature
of the variation of the scattering properties with x. For un-
derestimated size distribution widths, the predicted mean
sizes are overestimated, moving x, toward the geometric
scattering regime. Here, errors in size distribution width have
a reduced impact on the ensemble scattering, and small
changes in x, have little effect on y, and f,,. Hence, uncer-
tainties in a; do not result in large uncertainties in M;. In
contrast, for overestimated size distribution widths, the pre-
dicted mean sizes are underestimated, moving x, further into
the Rayleigh scattering regime. Here, errors in size distribu-
tion width have a substantial impact on the ensemble scatter-
ing properties, and small changes in x, result in large
changes in y, and f (see Figs. 5 and 6). Hence, even small
uncertainties in a; result in large uncertainties in M, as ob-
served in Fig. 9.

These results have significant implications for the inver-
sion of ABS data collected at sea. Numerous observations in
the marine environment have shown that suspended size dis-
tribution can vary over inter-tidal time scales due to advec-
tion, flocculation, and resuspension processes (Whitehouse,
1995; Li et al., 1999; Ellis ef al., 2004). Our assessment of
the effect of size distribution errors on ABS inversions illus-
trates that if such temporal changes in size distribution are
not properly accounted for, significant offsets in ABS predic-
tions of suspended concentration and mean size can result
(see Figs. 8-10), particularly if the mean size in suspension
is in the very fine sand size range, or below. One avenue to
counter this problem would be to collect simultaneous and
independent measurements of suspended particle size distri-
bution, to ensure the correct size distribution can be supplied
to the ABS inversion at any given time, as has been at-
tempted recently (Thorne ef al., 2007). In-situ measurements
of suspended particle size distribution can now be routinely
obtained at sea using laser diffraction based instruments,
such as the Sequoia® LISST (Laser In-Situ Scattering and
Transmissiometry), though it is currently unclear whether
optical and acoustic techniques observe size distributions in
a compatible manner. It is also unclear as to how the scatter-
ing properties of flocculated particles differ, if at all, to those
of disaggregated particles of equal size. Investigations to ad-
dress both of these issues are required to expand the quanti-
tative use of ABS in the marine environment.

ACKNOWLEDGMENTS

This work was jointly funded by the UK Natural Envi-
ronment Research Council, as part of the FLOCSAM and
FORMOST projects, and by the European HydralablIII-
SANDS program. The authors would like to thank

B. D. Moate and P. D. Thorne: Scattering from broad size distributions



AQUATEC® SUBSEA Ltd. for the loan of the 0.5 MHz
transducer, and also Dr. Richard D. Cooke (Proudman
Oceanographic Laboratory) for his assistance.

Bale, A. J., and Morris, A. W. (1987). “In situ measurements of particle size
in estuarine waters,” Estuarine Coastal Shelf Sci. 24, 253-263.

Betteridge, K. F. E., Thorne, P. D., and Cooke, R. D. (2008). “Calibrating
multi-frequency acoustic backscatter systems for studying near-bed sus-
pended sediment transport processes,” Cont. Shelf Res. 28, 227-235.

Crawford, A. M., and Hay, A. E. (1993). “Determining suspended sand size
and concentration from multifrequency acoustic backscatter,” J. Acoust.
Soc. Am. 94, 3312-3324.

Downing, A., Thorne, P. D., and Vincent, C. E. (1995). “Backscattering
from a suspension in the near field of a piston transducer,” J. Acoust. Soc.
Am. 97, 1614-1620.

Ellis, K. M., Bowers, D. G., and Jones, S. E. (2004). “A study of the
temporal variability in particle size in a high-energy regime,” Estuarine
Coastal Shelf Sci. 61, 311-315.

Flammer, G. H. (1962). “Ultrasonic measurements of suspended sediments,”
Geological Survey Bulletin No. 1141-A, United States Government Print-
ing Office, Washington, DC.

Folk, R. L., and Ward, W. C. (1957). “Brazos River bar: A study in the
significance of grain size parameters,” J. Sediment. Petrol. 21, 127-130.
Hay, A. E. (1991). “Sound scattering from a particle laden, turbulent jet,” J.

Acoust. Soc. Am. 90, 2055-2074.

Hay, A. E., and Sheng, J. (1992). “Vertical profiles of suspended sand con-
centration and size from multifrequency acoustic backscatter,” J. Geophys.
Res. 97, 15661-15677.

He, C., and Hay, A. E. (1993). “Broadband measurements of the acoustic
backscatter cross section of sand particles in suspension,” J. Acoust. Soc.
Am. 94, 2247-2254.

Hess, F. R., and Bedford, K. W. (1985). “Acoustic backscatter system
(ABSS): The instrument and some preliminary results,” Mar. Geol. 66,
357-379.

Horn, D. P, and Walton, S. M. (2007). “Spatial and temporal variations of
sediment size on a mixed sand and gravel beach,” Cont. Shelf Res. 202,
509-528.

Jonasz, M. (1983). “Particle-size distributions in the Baltic,” Tellus B Chem.
Phys. Meterol. 35, 346-358.

Kaye, G. W. C., and Laby, T. H. (1986). Tables of Physical and Chemical
Constants (Longman, London).

Krank, K., and Milligan, T. G. (1991). “Grain size in oceanography,” in
Principles, Methods, and Application of Particle Size Analysis, edited by
J. P. M. Syvitski (Cambridge University Press, Cambridge), pp. 332-345.

Krumbein, W. C. (1939). “Graphic presentation and statistical analysis of
sedimentary data,” Recent Marine Sediments, edited by P. D. Trask (Tho-
mas Murby Co., London).

Li, B. G., Eisma, D., Xie, Q. Ch., Kalf, J., Li, Y., and Xia, X. (1999).
“Concentration, clay mineral composition and Coulter counter size distri-
bution of suspended sediment in the turbidity maximum of the Jiaojiang
River estuary, Zhejiang, China,” J. Sea Res. 42, 105-116.

Schaafsma, A. S., and Hay, A. E. (1997). “Attenuation in suspensions of
irregularly shaped sediment particles: A two-parameter equivalent spheri-
cal scatterer model,” J. Acoust. Soc. Am. 102, 1485-1502.

Schat, J. (1997). “Multifrequency acoustic measurement of concentration
and grain size of suspended sand in water,” J. Acoust. Soc. Am. 101,
209-217.

J. Acoust. Soc. Am., Vol. 126, No. 6, December 2009

Sengupta, S. (1979). “Grain-size distribution of suspended load in relation to
bed materials and flow velocity,” Sedimentology 26, 63—82.

Sheng, J., and Hay, A. E. (1988). “An examination of the spherical scatterer
approximation in aqueous suspensions of sand,” J. Acoust. Soc. Am. 83,
598-610.

Soulsby, R. (1997). Dynamics of Marine Sands (Thomas Telford, London).

Stavn, R. H., and Keen, T. R. (2004). “Suspended minerogenic particle
distributions in high-energy coastal environments: Optical implications,”
J. Geophys. Res., C 109, C05005.

Sval’'nov, V. N., and Alekseeva, T. N. (2006). “Average grain-size param-
eters of unlithified sediments in the world ocean,” Oceanology (Engl.
Transl.) 46, 545-556.

Taylor, J. R. (1997). An Introduction to Error Analysis: The Study of Un-
certainties in Physical Measurements (University Science Books, Mill
Valley, CA).

Thorne, P. D. (2006). “Acoustic backscattering from suspended sediments
with narrow, broad and bi-modal size distributions,” in Proceedings of the
Eighth European Conference on Underwater Acoustics, Carvoeiro, Portu-
gal, 12—15 June, edited by S. M. Jesus and O. C. Rodriguez.

Thorne, P. D., Agrawal, Y. C., and Cacchione, D. A. (2007). “A comparison
of near-bed acoustic backscatter and laser diffraction measurements of
suspended sediments,” IEEE J. Ocean. Eng. 32, 225-235.

Thorne, P. D., and Buckingham, M. J. (2004). “Measurements of scattering
by suspensions of irregularly shaped sand particles and comparison with a
single parameter modified sphere model,” J. Acoust. Soc. Am. 116, 2876—
2889.

Thorne, P. D., and Campbell, S. C. (1992). “Backscattering by a suspension
of spheres,” J. Acoust. Soc. Am. 92, 978-986.

Thorne, P. D., and Hanes, D. M. (2002). “A review of acoustic measurement
of small-scale sediment processes,” Cont. Shelf Res. 22, 603-632.

Thorne, P. D., and Hardcastle, P. J. (1997). “Acoustic measurements of
suspended sediments in turbulent currents and comparison with in-situ
samples,” J. Acoust. Soc. Am. 101, 2603-2614.

Thorne, P. D., Hayhurst, L., and Humphrey, V. F. (1992). “Scattering by
non-metallic spheres,” Ultrasonics 30, 15-20.

Thorne, P. D., Manley, C., and Brimelow, J. (1993). “Measurements of the
form function and total scattering cross section for a suspension of
spheres,” J. Acoust. Soc. Am. 93, 243-248.

Thorne, P. D., and Meral, R. (2008). “Formulations for the scattering prop-
erties of suspended sandy sediments for use in the application of acoustics
to sediment transport processes,” Cont. Shelf Res. 28, 309-317.

Thosteson, E. D., and Hanes, D. M. (1998). “A simplified method for deter-
mining sediment size and concentration from multiple frequency acoustic
backscatter measurements,” J. Acoust. Soc. Am. 104, 820-830.

Vincent, C. E. (2007). “Measuring suspended sand concentration using
acoustic backscatter: A critical look at the errors and uncertainties,” in
Coastal and Shelf Sediment Transport, edited by P. S. Balson and M. B.
Collins (Geological Society of London, London), Vol. 274, pp. 7-15.

Vincent, C. E., Hanes, D. M., and Bowen, A. J. (1991). “Acoustic measure-
ments of suspended sand on the shoreface and the control of concentration
by bed roughness,” Mar. Geol. 96, 1-18.

Whitehouse, R. (1995). “Observations of the boundary layer characteristics
and the suspension of sand at a tidal site,” Cont. Shelf Res. 15, 1549—
1567.

Young, R. A., Merrill, J. T., Clarke, T. L., and Proni, J. R. (1982). “Acoustic
profiling of suspended sediments in the marine bottom boundary layer,”
Geophys. Res. Lett. 9, 175-178.

B. D. Moate and P. D. Thorne: Scattering from broad size distributions 2917



Automatic recognition of fin and blue whale calls for real-time

monitoring in the St. Lawrence

Xavier Mouy®
Marine Sciences Institute, University of Québec at Rimouski, 310 Allée des Ursulines, Rimouski,
Québec G5L-3A1, Canada

Mohammed Bahoura
Department of Mathematics, Informatics and Engineering, University of Québec at Rimouski, 300 Allée des
Ursulines, Rimouski, Québec G5L-3A1, Canada

Yvan Simard

Marine Sciences Institute, University of Québec at Rimouski, 310 Allée des Ursulines, Rimouski,

Québec G5L-3A1, Canada and Maurice Lamontagne Institute, Fisheries and Oceans Canada, 850 Route de
la Mer, Mont-Joli, Québec G5H-374, Canada

(Received 20 April 2009; revised 30 September 2009; accepted 6 October 2009)

Monitoring blue and fin whales summering in the St. Lawrence Estuary with passive acoustics
requires call recognition algorithms that can cope with the heavy shipping noise of the St. Lawrence
Seaway and with multipath propagation characteristics that generate overlapping copies of the calls.
In this paper, the performance of three time-frequency methods aiming at such automatic detection
and classification is tested on more than 2000 calls and compared at several levels of signal-to-noise
ratio using typical recordings collected in this area. For all methods, image processing techniques
are used to reduce the noise in the spectrogram. The first approach consists in matching the
spectrogram with binary time-frequency templates of the calls (coincidence of spectrograms). The
second approach is based on the extraction of the frequency contours of the calls and their
classification using dynamic time warping (DTW) and the vector quantization (VQ) algorithms. The
coincidence of spectrograms was the fastest method and performed better for blue whale A and B
calls. VQ detected more 20 Hz fin whale calls but with a higher false alarm rate. DTW and VQ
outperformed for the more variable blue whale D calls.

© 2009 Acoustical Society of America. [DOI: 10.1121/1.3257588]

PACS number(s): 43.30.Sf, 43.60.Bf [WWA]

l. Introduction

The Atlantic blue whale (Balaenoptera musculus) and
fin whale (Blaenoptera physalus) are listed as endangered
and of special concern, respectively, according to the
Canadian species at risk act (Canada, 2008). The Northwest
Atlantic population sizes are estimated in the low hundreds
for the blue whale and between 3500 and 6300 for the fin
whale (Perry et al., 1999; Sears and Calambokidis, 2002).
Among the threats for the survival of these species are col-
lisions with ships (Laist et al., 2001; Jensen and Silber, 2004)
and the increasing low-frequency anthropogenic noise in the
oceans (Andrew et al., 2002; McDonald et al., 2006), which
is possibly affecting mysticetes, known to produce and prob-
ably perceive low-frequency sounds (Richardson et al.,
1995; Croll et al., 2001; NRC, 2003; Simard et al., 2008; Au
and Hastings, 2008).

The St. Lawrence Estuary is an intensively used habitat
of the North Atlantic fin and blue whale populations. This
traditional feeding ground (Simard and Lavoie, 1999) is an
important whale watching area (Hoyt, 2001). It is also part of
an important North American seaway connecting the Great
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Lakes and the Atlantic. The impact that the anthropogenic
activities might have on the survival of fin and blue whales
summering in this area is not well known. Basic information
on the long-term spatial and temporal distribution of the
whales in the region is lacking but is a matter of concern.
The development of efficient methods to continuously moni-
tor the whales over the whole basin would be a contribution
to fill this gap.

The emergence of passive acoustics monitoring (PAM)
technology offers the possibility of addressing this challeng-
ing time-space distribution of whales over their extensive life
domains in the oceans (Mellinger et al., 2007). The manual
detection of the vocalizations on recordings performed au-
rally and by manual inspection of spectrograms is a long and
laborious task leading to an inconstant bias in the analysis
dependent on the experience and the degree of fatigue of the
operator. Therefore, the development of efficient and robust
automatic detection and classification methods is required.
Their performance is dependent on the complexity and diver-
sity of the sounds to recognize and the acoustic properties of
the environment such as the characteristics of the back-
ground noise and sound propagation in the area. Matched
filters appear to be efficient for detecting stereotypical sig-
nals in low Gaussian noise conditions (Stafford et al., 1998;
Mellinger and Clark, 2000). The correlation of spectrograms
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with a time-frequency kernel representing the call has been
used on right whale (Mellinger, 2004; Munger et al., 2005),
and North Pacific blue whale calls (Mellinger and Clark,
2000; Wiggins et al., 2005). These methods are well adapted
for calls presenting low variability in duration and frequency.
Chirplet transform shows an interesting potential for classi-
fying blue whale calls (Bahoura and Simard, 2008). Artificial
neural networks (ANNs) and hidden Markov modeling
(HMM) show good recognition results on elephants (Clem-
ins et al., 2005), birds (Kogan and Margoliash, 1998), and
whale calls (Potter et al., 1994; Mellinger and Clark, 2000;
Mellinger, 2004). These two methods have been tested using
various attributes for characterizing the calls: Fourier coeffi-
cients (Mellinger, 2004), Mel-frequency cepstral coefficients
(Clemins et al., 2005), and linear predictive coefficients
(Clemins and Johnson, 2006). ANN and HMM can accom-
modate variability within the calls. The time-frequency con-
tour approach extracts the call shape attributes from the spec-
trogram (e.g., maximum frequency, minimum frequency,
duration, etc.) to feed the classification algorithms. The con-
tours can be extracted using an edge detector (Gillespie,
2004) or through instantaneous frequency tracking algo-
rithms (Sturtivant and Datta, 1995a, 1995b; Brown et al.,
2006; Halkias and Ellis, 2006, 2008). Automatic contour ex-
traction by tracking algorithms can be computationally ex-
pensive (Brown and Zhang, 1991). Classification methods
used so far for this approach include discriminant analysis
(Bazda-Durdn and Au, 2004; Gillespie, 2004) and dynamic
time warping (DTW) (Buck and Tyack, 1993; Brown et al.,
2006). Urazghildiiev and Clark (2006, 2007) proposed an-
other approach involving a generalized likelihood ratio test
(GLRT) detector and a finite impulse response (FIR) filter
operating on spectrograms, which outperformed the human
operator for right whale calls.

The blue whale vocal repertoire in the St. Lawrence is
similar to the one found in the North Atlantic. It is composed
of three basic calls, the A, B, and D calls. (Edds, 1982;
Mellinger and Clark, 2003; Berchok e al., 2006). The A call
is an 8-s tonal sound at 18 Hz. The B call is an 11-s down
sweep from 18 to 15 Hz [Fig. 1(a)]. Although these two calls
usually follow each other in AB phrases repeated every 74 s,
it is possible to observe repetitions of A calls or B calls only
(Mellinger and Clark, 2003; Berchok er al. 2006). The two
calls are then separated by an ~5-s gap, but this short silence
is sometimes absent. Berchok et al. (2006) called these calls
the hybrid calls. These latter calls are hereafter referred to as
AB calls. The D call is less stereotyped than the two previous
ones and consists of a down sweep in the ~120-40 Hz
frequency range. It sometimes starts with an upsweep form-
ing an arch in the spectrogram. The duration, and the starting
and ending frequencies are variable [Fig. 1(c)]. The D calls
are not repeated in regular sequences as the A and B calls;
however, some time patterns can be observed. As noticed by
Berchok et al. (2006), the blue whale calls in the St.
Lawrence are more variable than the ones reported in the
North Atlantic. A lot of them are not continuous but seg-
mented into several fragments. Berchok er al. (2006) be-
lieved that this segmentation is not due to propagation effects
but rather a property of the whale call. The other rare blue
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FIG. 1. Blue and fin whales calls. Spectrograms representing (a) 4 blue
whale AB phrases, (b) 2 blue whale AB phrases with strong multipath ech-
oes, (c) 11 very variable blue whale D calls, and (d) 12 fin whale 20 Hz calls
with multipath echoes. (e) Example of a noisy recording containing blue and
fin whale calls.

whale calls such as the 9 Hz sounds reported by Mellinger
and Clark (2003), as well as the blurps and grunts reported
by Berchok er al. (2006), were not considered here because
of their low interest for monitoring applications.

The 20 Hz pulses are the most frequent fin whale calls
recorded in the St. Lawrence (Samaran, 2004). They are
similar to the ones reported in the other areas of the world
(Schevill er al., 1964; Thompson and Friedl, 1982; Edds,
1988; Thompson et al., 1992), except for the occasional lag-
ging lower frequency backbeat in the call bouts (Samaran,
2004; Simard and Roy, 2008). This 20 Hz call consists of a
1-s downsweep from 23 to 18 Hz [Fig. 1(d)]. The 140 Hz
call reported by Edds (1988) and Samaran (2004) and the
backbeat are less frequent and are therefore not considered in
this paper.

Although several methods were already tested to auto-
matically detect and classify fin and blue whale calls, none
were thoroughly tested with the specific calls of the St.
Lawrence Estuary and its particular acoustic conditions
where intense low-frequency shipping noise in the vocaliza-
tion band causes most recorded calls to have low signal-to-
noise ratios (SNRs) [e.g., Fig. 1(e); Simard et al., 2006a,
2008]. The presence of a sound channel in the upper half of
the ~350-m water column, resulting from the summer cold
intermediate layer and steep walls at the head of the deep
Laurentian Channel, favors multipath propagation and the
presence of echoes [e.g., Fig. 1(b); Simard and Roy, 2008].
Consequently, the calls often appear distorted and warped in
time, which hinders the detection and classification algo-
rithms.
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TABLE I. Time-space coordinates of the acoustic recordings.

Hydrophone Bottom

Latitude Longitude mean depth depth
Station Recording period (°N) (°W) (m) (m)
A Aug.—Sept. 2003 48.2683 69.4663 125 130
B Aug.—Sept. 2003 48.2687 69.4636 188 193
C Sept.—Oct. 2003 48.3544 69.1167 54 88
D Sept.—Oct. 2003 48.2504 69.2225 53 55
E Sept.—Oct. 2003 48.1900 69.5925 43 60
F Aug.—Oct. 2004 48.3783 69.3300 155 239
G Aug.—Oct. 2004 48.1233 69.5433 126 135

This paper explores the capability of signal processing
methods that could be implemented in real-time to detect fin
and blue whale calls in an intense shipping noise back-
ground, and to cope with the call duration and frequency
variability observed in the St. Lawrence. Two approaches
based on time-frequency representations are tested. The clas-
sical spectrogram correlation method, previously used for
blue and fin whale call detection, is adapted to the St.
Lawrence acoustic conditions. The second approach, consist-
ing in the extraction and classification of the call’s time-
frequency contours, tries to improve some weaknesses of this
adapted classical approach. This work is part of the real-time
monitoring project “Whale On the Web” (Simard et al.,
2006b).

Il. Materials and Methods

This section describes the acoustic data used for this
work and the various steps involved in the two classification
approaches that were developed. The steps for the first ap-
proach are (a) the calculation of the spectrogram, (b) the
noise removal, and (c) the coincidence of spectrograms. The
steps for the second approach are (a) the calculation of the
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FIG. 2. Map of the study area with bathymetry and locations of the acoustic
recording devices.
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spectrogram, (b) the noise removal, (c) the extraction of the
call contours, and (d) their classification. Two contour clas-
sification methods are investigated, dynamic time warping
and vector quantization (VQ).

A. Data collection and data sets

All the data were collected in summer at seven locations
in the lower St. Lawrence Estuary (Table I). Locations A and
B are part of a hydrophone costal array deployed on the
seabed at Cap-de-Bon-Desir in 2003 (Fig. 2; Simard and
Roy, 2008). Locations C, D, E, F, and G had aural autono-
mous hydrophones (Multi-Electronique Inc., Rimouski, QC,
Canada) moored around the sound channel depth in 2003 and
2004. The recordings were digitized at 16 bits using a sam-
pling rate of 20 kHz for locations A and B and 2 kHz for the
other locations. All recordings were decimated to 2000, 400,
or 200 Hz for blue and fin whale call processing. Different
sampling rates were used to get optimal time-frequency reso-
lutions for each call type.

Among these recordings, 2472 calls were manually
identified, labeled, and time stamped by an experienced ob-
server (XM) through visual inspection of the spectrogram
and aural validation when needed. A total of 2063 calls were
used to test the performance of the algorithms while the
other 409 calls were used for training the algorithms and
adjusting their parameters (Table II). These calls were se-
lected to represent the different noise and multipath echo
conditions encountered in this part of the St. Lawrence. Calls
were carefully chosen to ensure that data for testing and
training were recorded at different locations and different
times. To test the false alarm rate of the algorithms, 14 h of
recordings containing different kinds of typical local noises
but no calls were selected. This noise data set was made up
of 90 wave files lasting 5—10 min each, collected at different
locations of the estuary and containing intense low-
frequency shipping noise. Files were usually selected at the
closest point of approach of the ship (i.e., center of Lloyd’s
mirror “V-pattern,” Urick, 1983). These recordings corre-

TABLE II. Number of calls of the training and test data sets by call type.

A call B call D call 20 Hz call Total

Training 117 91 97 104 409
Test 568 490 510 495 2063
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FIG. 3. (Color online) Sequence of steps of the noise reduction process. (a)
The original spectrogram representing three blue whale AB phrases, time
resolution=0.64 s, frequency resolution=0.13 Hz; (b) the spectrogram af-
ter equalization; and (c) Gaussian smoothing. (d) Representation of the en-
ergy e (bold line) and the adaptive thresholds T (thin line) and T, (dashed
line). The dots represent the intersections of e with T',. (e) Final spectrogram
after applying the thresholds.

spond to the most problematic conditions for the detection
and classification algorithms.

B. Noise reduction

The time-frequency representation used short-time Fou-
rier transform for both approaches [Fig. 3(a)]. The three
noise reduction steps that were applied to both approaches
consist of spectrogram equalization, Gaussian kernel
smoothing, and adaptive energy thresholding. The spectro-
gram resolutions differed for each call type and method.
First, the equalization consisted of subtracting the time-
averaged spectrogram from the original spectrogram. The
time-averaged spectrogram was calculated by applying a
moving average of the energy values for each frequency
band of the spectrogram matrix (Mellinger, 2004). Length of
the moving average window, At, is reported in Tables III and
IV. This reduced the long constant spectral rays produced by
the fundamental rotational frequencies of the ship propulsion
machinery (Arveson and Vendittis, 2000) and by mooring
vibration [Fig. 3(b)]. Second, the spectrogram was smoothed
using a Gaussian kernel (Gillespie, 2004). The spectrogram
matrix was convolved with a two-dimensional Gaussian
mask [Fig. 3(c)]. The size of the kernel, K, XK, (time
X frequency), varied depending on call type and classifica-
tion method (Tables IIT and IV). Non-square kernels smooth
the spectrogram in a particular direction, improving the con-
tinuity of truncated calls along the time or frequency axis.
Third, an adaptive energy threshold was applied to discard
the parts of the spectrogram with locally non-significant en-
ergy. The energy at each time step n of the spectrogram was
smoothed using a moving average to generate a smoothed
energy curve e(n) [bold line in Fig. 3(d)]. The moving aver-
age was performed with a 5-s window for the A and B calls
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TABLE III. Values of the parameters used in the first approach (i.e., coin-
cidence of spectrograms).

Parameter A call B call D call 20 Hz call
Sample frequency (Hz) 200 200 200 200
Spectrogram
Frame size (points) 512 512 128 64
Overlap (%) 87.5 87.5 75 87.5
FFT size (points) 4608 4608 128 192
Frequency resolution (Hz) 0.04 0.04 1.56 1.04
Time resolution (s) 0.32 0.32 0.16 0.04
Noise reduction
At (s) 55 15 55 15
K, (bins) 9 6 6 5
K, (bins) 3 3 3 3
) -0.06 —0.06 —0.1 —0.06
6, 0.9 0.6 0.6 1.2
8 0.92 0.85 0.92 0.92
N 0.99 0.986 0.97 0.994
Coincidence of spectrograms
f, (Hz) 18.1 17.5 80 26
f> (Hz) 17.8 15.8 40 20
Dcall (S) 7 9 3 1
Af (Hz) 0.3 0.3 4 1
Dok (5) 2 0.7 1 1
Teg (%) 77 75 67 74

and a 1-s window for the D and 20 Hz calls. Then, two
adaptive thresholds 7', and T, are defined, as in Renevey and
Drygajlo, 2001.

T\[n]=E[n] + 6,E[n] (1)
and
To[n]=E[n] + &E[n], (2)

where &, and &, are constants in the range [0,1], and where
E[n] is defined by

E[n]=NE[n—1]+ (1 =N\)e[n]. (3)

In Eq. (3), \ is the adaptive coefficient. The adaptive thresh-
old T, allows detection of events while the crossing points of
the two series T, and e(n) are used to define the start and the
end of these events [dots in Fig. 3(d)]. The spectrogram val-
ues outside the call windows are blanked. Finally, the pixels
exceeding the adaptive threshold T are retained at each time
step

T3[n] = pln] + &0in], (4)

where p and o are the mean and the standard deviation of
the spectrogram energy at the step n and J; is a constant in
the range [0,1]. The final result of this noise reduction pro-
cess is shown in Fig. 3(e). Values of parameters &, &, &,
and N\ were chosen empirically (Tables III and IV).

C. First approach: Coincidence of spectrograms

The coincidence of spectrograms method consists of
finding a specific type of sound represented by a time-
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TABLE IV. Values of the parameters used in the second approach (i.e.,
extraction and classification of call contours).

Parameter A and B calls D call 20 Hz call
Sample frequency (Hz) 2000 400 400
Spectrogram
Frame size (points) 4096 64 128
Overlap (%) 93 75 87.5
FFT size (points) 12 288 192 384
Frequency resolution (Hz) 0.16 2.08 1.04
Time resolution (s) 0.14 0.04 0.04
Minimum frequency (Hz) 15 30 18
Maximum frequency (Hz) 18.5 115 30
Noise reduction
At (s) 30 15 35
K, (bins) 8 11 11
K, (bins) 4 3 3
8 —0.16 —0.16 —0.16
5, 0.7 0.5 0.9
s, 0.25 0.6 0.7
A 0.996 0.992 0.993
Contour extraction
T, 0.2 0.3 0.7
Ty (3) 6.5 2.5 0.5
Toin (5) 35 1 0.5
Trnax (5) 35 9 3
Dynamic time warping classification
Torw 0.2 5 13
Vector quantization classification
Tvo 1 18 4

frequency kernel (Mellinger and Clark, 1997, 2000). Various
operations could be used to match the kernel with the spec-
trogram. Here the logical AND operation is used because of
the very low computational cost of this operation (Tiemann
et al., 2004). The tested spectrogram is first binarized by
setting the high-energy parts that exceed a threshold to 1 and
the rest to 0. Then, the time-frequency kernel representing a
candidate call template is defined by a synthetic binary im-
age generated from the call starting frequency f|, ending
frequency f,, duration D, frequency span Af, and silence
duration before and after the call Dy, (Table III). Finally
the matching of the call kernel with the spectrogram is the
arithmetic sum of the bits resulting from a logical AND be-
tween the binary kernel and spectrogram at each time step. A
perfect match corresponds to a coincidence rate of 100%.
The call is detected when the coincidence rate exceeds the
empirically chosen threshold value T (Table III).

D. Second approach: Extraction and classification of
call contours

This second approach proceeds by extracting the call
contours followed by their classification. Two classification
algorithms are tested: DTW and VQ.
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FIG. 4. Example of frequency contour extraction for a series of nine blue
whale D calls. (a) Extraction of the local energy maxima, (b) connection of
the maxima by time contiguity and frequency proximity, and (c) contours
retained after connection of the call segments and duration restriction. The
retained contours are approximated by a second-order polynomial.

1. Extraction of the contours

Extraction of time-frequency contours has been used
with musical signals (Brown and Zhang, 1991; Brown,
1992), speech (Rabiner et al., 1976; Rabiner, 1977), and od-
ontocete calls (Sturtivant and Datta, 1995a, 1995b; Datta and
Sturtivant, 2002; Brown er al., 2006; Halkias and Ellis,
2006). Because real-time implementation is one constraint of
the present work, the algorithm has to be optimized for both
accurate contour extraction and short computation time.
Drawing from Halkias and Ellis, 2006, the algorithm is di-
vided into three steps: identification of the local energy
maxima on the spectrogram, the delineation of call segments,
and their conditional connection. First, the local energy
maxima for each time step of the spectrogram are defined as
the spectrum peaks [Fig. 4(a)]. Second, the maxima sepa-
rated by less than four frequency bins in frequency at adja-
cent time steps are connected together to form segments
[Fig. 4(b)]. To remove the irregularities of the extracted con-
tour segments, their frequency time-series were smoothed
with a moving average using a sliding window length of 3 s
for the A and B calls, 1 s for the D call, and 0.1 s for the 20
Hz call. Third, the last step consists of connecting some of
the isolated segments into more complete call contours. This
connection is based on a stochastic model. The probability of
connection is evaluated for each close segment pair. Each x;
pair is defined by its starting and ending slopes, «;; and «;,.
Two frequency continuity distances 3;, and B;; are measured
for each possible linear connection; B, corresponds to the
gap in frequency when the end of the first segment is linearly
extended to the beginning of the second segment, and fS3;
corresponds to the gap in frequency measured when the be-
ginning of the second segment is linearly extended to the end
of the first segment. The distance f3; is the minimum of these
two distances. Two series of observations L, and Lg repre-
senting the parameters o and S calculated on N pairs of
connecting segments are extracted from the training database
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Two normal distributions 0 ,(x,.%,) and O g(ug, 0 p) are de-
fined to represent the observations L, and Lg, where S M
o and Mg are, respectively, the covariance matrix and mean
vector of L, and the standard deviation and mean of Lg. The
connection of an unknown call segment pair x is evaluated
by the likelihood P(x) defined by

P(x) = P(x|0©,)P(x[®p), (5)

with P(x|®,) and P(x|@p) being, respectively, the likeli-
hood that the connection x can be generated by the models
0, and @4 For convenience, the maximum of each of the
two distributions is individually normalized to 1. Two seg-
ments are connected only if the likelihood P(x) exceeds a
threshold value 7. empirically adjusted by the operator
(Table IV). Among all resulting valid possibilities, the con-
nection proceeds with the segment that maximizes the like-
lihood. Once a connection is accepted, the two segments are
connected by interpolation using an order 2 polynomial [Fig.
4(c)]. Connection is considered only for segments separated
by less than the duration T,,,. Contours shorter than the du-
ration T,;, or longer than the duration 7,,, are not consid-
ered for classification (Table IV).

2. Classification using DTW

The DTW algorithm is used by the speech processing
community for isolated word recognition (Rabiner and
Juang, 1993). It was applied in bioacoustics for the classifi-
cation of dolphin sounds (Buck and Tyack, 1993), orca
sounds (Brown et al., 2006), and bird sounds (Ito et al.,
1996; Anderson et al., 1996). The algorithm consists of clas-
sifying an unknown sound 7" by comparing it to a set R of k
reference sounds from a dictionary, obtained from manually
identified calls of the training data set. The T and R, calls are
represented by a feature vector composed of the instanta-
neous frequency f, the speed f’, and the acceleration f” of
the call contour at each time step (Fig. 5). The feature vec-
tors were not normalized.

T:[Mil;i=1,2,....1],

Re[Rj1:j=1.2, ... .04,

where I and J;, represent the number of time frames of the T
and R, calls, respectively. The comparison of 7" with each
template R, is performed by calculating the dissimilarity (or
distortion) between them based on their feature vectors. Dur-
ing this step, the algorithm has the particularity to take into
consideration the possible compressions or extensions in
time of the calls. A matrix X; of dimension IXJ,, is fitted
with the Euclidean distances, d(T[i],R,[j]) separating all the
vectors 7[i] from R,[j] (Fig. 5). For the DTW algorithm,
calculating the similarity between T and R), consists of find-
ing the shortest monotonic path w, of length C, within the
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FIG. 5. (Color online) Scheme of the DTW comparison process for an
unknown call 7 and call reference templates R;. For each template R, a
matrix X; representing the Euclidian distances between the feature vectors
of T and R, is calculated. The dissimilarity between the two compared calls
is represented by the path w going from the point (1,1) to (/,J;) of the
matrix X, that minimizes the accumulated distance. The path w is found by
calculating recursively the minimum cumulative distance for each point us-
ing local constraints. To avoid exaggerated distortions, the path search area
is restricted by the two lines parallel to the diagonal of Xj.

matrix X, progressing from the point (1,1) to the point
(I’Jk),

w:li(c),j(c)];e=1,2,...,C,

with i(1)=1, j(1)=1, i(C)=I, and j(C)=J,, such that its as-
sociated distance, D,,(T,R;), defined by

> dTiOLRL(OTrg(e)
N(g)

is the minimum. In Eq. (6), g(c) is a weighting function and
N(g) is a normalization factor (Rabiner and Juang, 1993).
Instead of calculating all the possible paths, the DTW algo-
rithm recursively calculates the minimum cumulative dis-
tance for each point using local constraints (Vintsyuk, 1968;
Myers et al., 1980; Ney, 1984). The local constraint used in
this study limits the connections to the right, the top, and the
top right diagonal from the current point. To avoid exagger-
ated distortions and reduce computing time, a global con-
straint is applied by a restriction to the area defined by two
lines parallel to the diagonal of the matrix X;. The positions
of these two lines are defined by a parameter RA such as |i
—j|=RA (Sakoe and Chiba, 1978) (Fig. 5). The parameter
RA was empirically chosen to be 5 for all the whale call
types. The unknown vocalization is classified as the refer-
ence template of the dictionary for which the distance
D,,(T,R,;) is the minimum.

DW(T?R]() = P (6)

T £ arg min, D,(T,R,). (7)

The dictionary is composed of the blue whale A, B, D, and
AB calls and fin whale 20 Hz call. Noise templates were not
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included in the dictionary since noise is highly variable and
cannot be extensively represented by a limited number of
time-frequency contours. Therefore, extracted contours cor-
responding to noise events were classified as such when the
minimum distance D,,(T,R,) exceeded the threshold Ty,
defined empirically (Table IV).

The choice of the reference templates is known to be a
critical phase of this contour classification method. Subjec-
tive choices of the reference templates by an operator usually
do not perform well. Here we used a semi-supervised selec-
tion of the reference templates (Rabiner and Juang, 1993).
For each call type, the operator first randomly assigns a call
from the training data set as the reference template. Then,
each contour of the training data set is compared to the cho-
sen reference templates using the DTW algorithm. If the con-
tour is properly classified it is then properly represented by
the chosen template. If its classification is wrong, the tested
contour is added to the call template dictionary. This routine
is repeated for all calls of the training data set. This proce-
dure removes the subjectivity and minimizes the redundancy
of the dictionary. The final dictionary used in this study was
composed of 12 A calls, 17 B calls, 7 AB phrases, 17 D calls,
and 2 20 Hz pulses.

3. Classification using VQ

VQ is a clustering/classification algorithm that was used
for speaker identification (Pan et al., 1985; Soong er al.,
1985), respiratory sound classification (Bahoura and Pelle-
tier, 2003), and hand writing recognition (Camastra and Vin-
ciarelli, 2001). It is comprised of two steps: the training and
the classification. During the training step, each contour ex-
tracted from the training database is represented by a set of
features. Here, these features are its minimal frequency,
maximum frequency, duration, and frequency shift. Thereby,
all the calls are characterized by a set of four-dimensional
vectors that can be represented in a four-dimensional feature
space. The objective of the training is to represent the cloud
of scattered points for each call class, by a small set, C;, (also
called codebook) of local centroids, c;. To do so, the Linde—
Buzo-Gray (LBG) algorithm is used (Linde et al., 1980). In
contrast to the well known k -means algorithm, the initializa-
tion of the LBG algorithm is not performed randomly. Dur-
ing the classification step, the set of features from an un-
known call contour T is extracted and represented in the
feature space. Then, the distance D(T, C;) separating T from
each codebook C; is calculated by

M
1
D(T’Ck) = Mz d(T,Cki)’ (8)
i=1

where M is the number of centroids in the codebook Cj, and
d(T,cy;) is the Euclidean distance separating T from the cen-
troids c¢;,;. The call T is classified as the class for which the
distance D(T,C}) is minimum.

T £ arg min, D(T,C,). 9)

Codebooks were created using all the vocalizations of the
training data set. The same 5 call classes used for the DTW
method were considered and each codebook was represented
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by 16 centroids (M=16). To avoid classifying noise, the
tested time-frequency contour is discarded if its distance
D(T,C,) exceeds the empirically determined threshold Tyq
(Table IV).

E. Performance evaluation

The false negatives and false positives were counted for
each method by running the algorithms on the test data sets.
The false negatives correspond to the calls in the test data set
that are not detected or that are considered as noise by the
classification process. For a given call class, the false nega-
tive rate is defined as the ratio of the number of missed calls
to the total number of calls in that class. The false positives
correspond to periods of noise classified as calls (false
alarms). It is calculated by testing each method on the noise
data set. The number of false alarms divided by the duration
of the noise data set (14 h) gives an average number of false
positives per hour. The performance results are presented for
several SNR intervals. The SNR calculation is inspired by
Mellinger, 2004 and Mellinger and Clark, 2006. The call
power is defined on the spectrogram by the average power of
the call in the 15-18 Hz frequency range for the A and B
calls, 18-26 Hz for the 20 Hz pulses, and 30—100 Hz for the
D calls. The noise power is calculated by the average power
before and after the call, in the same frequency band for
periods equal to the call durations. This calculation is done
on the original spectrogram (i.e., without noise reduction).
The performances are reported separately for SNR intervals
<0 dB, [0, 5 dB], [5, 10 dB], and >10 dB.

To quantify the relative processing time of each method,
a real-time index /, was defined as

T
I.=-2L, 10
=T (10)

where T), is the duration of the detection and classification
process, and T, is the recording duration. The index 7, is <1
if the processing is faster than the real-time and =1 other-
wise. Processing was done with an Intel Pentium® 4 proces-
sor working at 3.2 GHz with 1 Gbyte of random access
memory (RAM). The computer was running the Microsoft
Windows XP® Professional operating system and the pro-
cessing was performed in MATLAB® (MathWorks, Inc., Nat-
ick, MA). The real-time index was computed for each re-
cording of the test data set and analyzed by call type. The A
and B calls were processed simultaneously on the same spec-
trogram and their computation time could not be separated.

lll. Results
A. Performance of classification

The test data set represents an accumulated recording of
17 h of A calls, 17 h of B calls, 7 h of D calls, and 3 h of 20
Hz calls. Their respective SNR distribution is given in the
first column of Fig. 6. The A and B calls with a SNR between
0 and 10 dB were the most frequent in the data set. The 20
Hz pulses were equally distributed in the SNR intervals
>0 dB. The majority of D calls had a SNR of 0-5 dB.
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FIG. 6. Signal-to-noise ratio distributions of the (a) A calls, (e) B calls, (i) D calls, and (m) 20 Hz calls used to test the performance of the algorithms. False
negative rates for the frequency contour [(b), (f), (j), and (n)] DTW and [(c), (g), (k), and (0)] VQ methods, and [(d), (h), (1), and (p)] the coincidence of
spectrograms method, separately for four signal-to-noise ratio intervals and for all calls (hatched bars).

False negative rates for A and B calls decreased when
the SNR increased for all methods as expected [Figs.
6(b)-6(d) and 6(f)-6(h)]. The coincidence of spectrograms
had the smallest false negative rates with overall values of
8.5% for the A calls and 19% for the B calls. When tested on
the noise data set, the three methods had comparable false
detection rates for these two call types; coincidence of spec-
trograms (3 and 2 false alarms per hour for calls A and B,
respectively) and DTW (4 and 1 false alarms per hour for
calls A and B, respectively) having less false detections than
VQ (Table V). For the D calls, VQ had a lower average false
negative rate (33.5%) than the other methods [Figs.
6(j)-6(1)]. DTW and VQ showed unexpected increases in

TABLE V. Average number of false positives per hour for the three methods
tested with the noise data set.

Method Acall Becall Decall 20 Hzcall
DTW 4 1 11 63
vVQ 4 3 12 74
Coincidence of spectrograms 3 2 22 23

J. Acoust. Soc. Am., Vol. 126, No. 6, December 2009

false negative rates (26.7%) at SNR>10 dB. These two
methods resulted in 11 and 12 false detections per hour, re-
spectively, compared to 22 for the coincidence of spectro-
grams method (Table V). For the 20 Hz pulses all three
methods presented a gradual decrease in false negative rate
with increasing SNR [Figs. 6(n)-6(p)]. Lowest global false
negative rates were obtained by VQ and DTW. These meth-
ods had, however, a very high number of false alarms per
hour (63 with DTW and 74 with VQ, Table V).

B. Processing time

The coincidence of spectrograms method had the lowest
computation time index of the three methods with average
values of 0.0083, 0.0039, and 0.013 for the A and B calls, D
calls, and 20 Hz calls, respectively [Fig. 7(a)]. The process-
ing time of the VQ method was the same as DTW for the AB
and 20 Hz calls with average real-time index value smaller
than 0.1. However, VQ real-time index for the D call (aver-
age of 0.28) was significantly faster than DTW (average of
0.44) [Figs. 7(b) and 7(c)].
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FIG. 7. Box—Whisker plots of the real-time index computation time of the
(a) coincidence of spectrograms, (b) DTW, and (c) VQ methods for each call
type. Note the different scale in (a).

IV. DISCUSSION

The coincidence of spectrogram method showed the best
performance for the A and B calls. For these calls, the dif-
ferent methods differed mainly by their false negative rates.
These missed calls were generally resulting from the contour
extraction step. Some call contours were truncated into sev-
eral non-connecting contour segments. The smallest seg-
ments were ignored because of the time constraint parameter
but the other ones were presented to the classification step
and they were classified as noise because of their excessively
fragmentary representation of the actual call contour. For the
20 Hz calls, the contour approach, especially VQ, performed
better for the false negative criteria, but produced three times
more false alarms than the coincidence of spectrogram
method. The majority of these false alarms were caused by
the low-frequency impulsive noises usually coming from
nearby transiting merchant ships that were not filtered out at
the noise reduction step. The contour extraction approach
best performed for the recognition of D calls. The fixed tem-
plate used by the coincidence of the spectrograms appeared
inappropriate to cope with the variations in duration, fre-
quency sweep rate, and frequency band of the D call. The
coincidence of spectrogram method was also more vulner-
able to false alarms due to occasional strumming noise in
this frequency band from the hydrophone mooring system.
As expected, the false negative rates generally increased with
decreasing SNRs, except for the D call with VQ and DTW
for SNRs> 10 dB. This exception appeared to result from
the distortions of the calls caused by multipath propagation
generating overlapping echoes of the calls that modified the
extracted classification features. The low number of D calls
in this SNR interval (15 calls) does not really allow a defini-
tive conclusion about the performance of the different algo-
rithms at high SNRs.

Computation costs depend on call frequency range (85
Hz for D calls versus 3.5 Hz for A and B calls) for time-
frequency contour extraction, and on spectrogram resolution
for the coincidence of spectrogram. DTW requires more
computation than VQ and its cost is function of the number
of call templates used. Recording sampling frequency differs
according to call types and methods (Tables III and IV) and
therefore also influences the computation times.

The classical method of coincidence of spectrograms
was adapted to the noisy acoustic condition of the St.
Lawrence by adding an initial step of noise reduction that
was critical for successful classification. The simplicity of
the logical AND operation makes this algorithm very fast,
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which fulfills the real-time requirements of this study.
Choosing the optimal call templates empirically can be labo-
rious; thus performing statistical analysis of the acoustic pa-
rameters of the calls to produce the kernel is recommended.
The additional computation time for the contour approach is
variable and depends on the complexity of the recordings’
content. However, the calls considered in this paper have a
fairly simple structure without harmonics, so the computing
time remains relatively small. The training steps to determine
the parameters for connecting the contour segment and
building the dictionary of call models were easy and robust
since they were semi-supervised on a representative call da-
tabase. This study shows that this method has a promising
potential for the recognition of marine mammal calls. Its
performance is still slightly lower than the classical approach
for the stereotyped calls; however, several modifications
could be implemented to improve it. To reduce DTW com-
putation time, some clustering techniques can be used to
minimize the number of reference templates to consider for
the same call type. Representing all calls with the same time-
frequency scheme independently of their duration and fre-
quency band would also improve all methods, which pres-
ently required computing spectrograms with different
resolutions. It may be worth investigating other time-
frequency representation techniques such as the Wigner—
Ville transform (Caimi and Hassan, 2000). The number of
parameters involved in the methods can be cumbersome to
manually tune to optimize the classification results. Statisti-
cal optimization methods such as the design of experiment
(Lochner and Matar, 1990) would be a simpler and more
accurate way of finding the optimal set of parameter to maxi-
mize the algorithm performance. The algorithm could incor-
porate an additional step to identify and filter out or exploit
the frequent delayed copies of the calls from reverberations.
Use of propagation models and matched field techniques
(e.g., Thode et al., 2000) is among possible methods. This
approach is computer intensive and attached to a particular
environment.

What is the effect of the observed detection/
classification results for PAM application in the St. Lawrence
Estuary given fin and blue whale call occurrence frequency?
These animals are known to produce very regular repeated
calls (Mellinger and Clark, 2003; Samaran, 2004; Berchok et
al., 2006), although nonregular patterns are sometimes ob-
served (Oleson er al., 2007). The A and B calls are usually
repeated every ~74 s (Mellinger and Clark, 2003). If a blue
whale is calling for 1 h without interruptions, it would pro-
duce about 51 A and B calls. Referring to Table V and Fig. 6,
the DTW classification method would be expected to detect
48 real A calls with a SNR above 5 dB, and 4 false alarms.
The same reasoning is followed to assess the detections ex-
pected by the different methods and for the other calls (Table
VI). By assuming a swimming speed between 1 and 5 m s~
(Goldbogen et al., 2006), all methods correctly detect
enough calls for accurately tracking the animals producing A
and B calls with a SNR higher than 5 dB. However, for the
20 Hz calls, only the coincidence of spectrograms appears to
be suitable at low SNRs. The false alarms could be rejected
using a tracking algorithm taking advantage of detection at
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TABLE VI. Number of A, B, and 20 Hz calls expected and detected per
recording hour, assuming that the animal calls regularly without interrup-
tions, for the three tested algorithms.

No. of correct detections

No. of No. of
expected SNR (dB) false
Call type Method calls <0 0-5 5-10 >10 alarms
A call DTW 51 17 41 48 48 4
vQ 51 14 32 39 49 4
Coincidence
of spectrograms 51 21 45 49 50 3
B call DTW 51 9 31 42 47 1
vQ 51 9 34 42 47 3
Coincidence
of spectrograms 51 15 38 45 49 2
20 Hz call DTW 360 45 143 253 333 63
vQ 360 135 194 269 322 74
Coincidence

of spectrograms 360 90 154 238 308 23

different locations by several instruments differently affected
by noise from transiting ships (Seebaruth, 2006; Simard et
al., 2008). It is to be noticed that the values in Table V
assume a uniform distribution of the false alarms in time,
which is not the case in the real world. Because the D calls
are not repeated on predictable patterns, it is not possible to
follow the same reasoning for this call type.

For assessing the actual density of calls per unit of time
or trying to assess the whale density from the calls, the per-
formance of the call detection algorithm under different
noise conditions must be taken into account. The relation of
the missed detection rate with the SNR level observed with
the different methods could then serve to correct the “appar-
ent call density” measured.
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This paper presents theory and experimental data on the resonance frequency of systems consisting
of different-sized air bubbles attached to a rigid wall. Effects of the change in resonant frequency
with bubble size and distance between the bubbles were studied. It was found that the symmetric
mode resonance frequency of the bubble system decreased with increasing r=R,/Ry;, where R,
and Ry, are the equilibrium radii of bubbles in the system. Both the symmetric and antisymmetric
modes of oscillation were detected in the experiments, with the resonant frequency of the symmetric
mode dominant at small bubble separation and the frequency of the antisymmetric mode dominant
when the bubbles were farther apart. A linear coupled-oscillator theoretical model was used to
describe the oscillations of the bubble system, in which the method of images was used to
approximate the effects of the wall. It was found that there was fair to good agreement between the

predictions of the coupled-oscillator model with the experimental data.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3257581]

PACS number(s): 43.35.Bf, 43.20.Fn, 43.20.Px, 43.20.Bi [RR]

I. INTRODUCTION

The expansion and compression of gas bubbles within a
liquid medium was first studied theoretically by Lord
Rayleigh1 in 1917. The mathematical model originally con-
sidered by Rayleigh has been modified over the years by
many researchers.”™® One such model is the nonlinear
Rayleigh—Plesset equation which like Rayleigh’s original
derivation assumes that the bubbles remain spherical. It has
been well-known that the nonlinear dynamics of the
Rayleigh—Plesset equation is only relevant for small (micron
sized) bubbles. Large (millimeter sized) bubbles typically
undergo very small oscillations, thus experiencing simpler
dynamics governed by a linear second order ordinary differ-
ential equations, derived by linearizing the Rayleigh—Plesset
equation. The natural frequency of this linearized model is
commonly used to estimate the resonant frequency of an
isolated bubble oscillating in response to acoustic excitation.
This frequency, commonly known as the Minnaert’s fre-
quency, was also independently derived by Minnaert.”

The early studies mentioned above only considered
cases where the bubbles were assumed to exist in isolation.
More recently, systems consisting of many interacting
bubbles have been studied by various investigators.ﬁ_15 A
short review of some recent studies can be found in the ar-
ticle by Manasseh and 00i.'® As one might expect, bubbles
can interact acoustically with each other, causing the natural
frequencies of the system to change from that of isolated
bubbles, and it was found that the interaction has a greater
effect when the bubbles are closer. (These modifications to
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the system frequencies are linear effects; it had been known
for some time that nonlinearities can cause interacting
bubbles to move, a phenomenon called the secondary
Bjerknes effect, e.g., Ref. 17.) In order to model the linear
interaction, Feuillade® used the coupled oscillator approach
by modeling the system as a coupled set of ordinary differ-
ential equations, using the self-consistent formulation intro-
duced by Tolstoy7 and showed that the predicted data agree
well with available experimental data. In the same article,
Feuillade conducted mathematical analyses of two and three
bubble systems and showed that there are various natural
oscillating modes of the bubbles such as symmetric, or “+,”
(where all bubbles oscillate in phase) and antisymmetric, or
“—.” (where all bubbles oscillate 180° out of phase) modes.
If the bubble system oscillates in the — mode, a phenomena
known as super-resonances can occur. In this state, the over-
all damping of the bubble system is small and the bubbles
can undergo very large oscillations (see Ref. 18 for more
detailed explanation of this phenomena).

The studies mentioned above investigated the behavior
of a bubble or a group of bubbles in an infinite domain.
However, in many practical applications, including novel
biomedical applications (see Ref. 16 for references), bubbles
are likely to be close to or attached to a wall or boundary.
The presence of a wall would undoubtedly influence the os-
cillatory dynamics of the bubbles. Thus, there have been
some studies investigating the influence of the wall on
bubble oscillations (see review article by Blake and Gibson"
and references therein) where the bubbles undergo a change
in shape under large pressure fluctuations. For small pressure
fluctuations, the main effect of the solid boundary is to
change the natural frequencies of the collective bubble sys-
tem. Recent experimental studies by Payne et al. 2 have mea-
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sured the resonant frequency of identical bubbles attached to
a rigid boundary. In the same study, Payne et al.” proposed
to use an image-bubble concept, formulated as a coupled-
oscillator problem, to model the behavior of a group of
bubbles close to a wall. This approach was originally intro-
duced by Strasberg21 where he showed that a bubble oscil-
lating close to a rigid boundary can be modeled by introduc-
ing a mirror-image bubble oscillating in phase with the
original bubble. Thus, the net effect of the mirror-image
bubble (and hence the wall) was to reduce the resonance
frequency of the bubble. Payne et al.”® showed that the
mirror-image bubble approach can also be successfully ex-
tended to model the behavior of a group of bubbles close to
a wall; predictions showed good agreement with the experi-
mental data.

All the experimental studies conducted thus far have
been for systems consisting of bubbles that are of the same
size. For this type of system, it has been shown that the
coupled-oscillator model predicts resonant frequencies that
are in good agreement with experimental results. In the
present work, an experimental and theoretical investigation
was carried out to investigate the behavior of resonant fre-
quencies for a system consisting of two or three different-
sized bubbles on a rigid boundary. The theoretical model
considered by Payne et al.® was extended to explain the
experimental data of different-sized bubbles on a rigid
boundary.

Il. THEORETICAL DEVELOPMENT

It is commonly accepted that oscillations of large (mil-
limeter sized) bubbles is governed by the following set of
linear, second order ordinary differential equations

N 2

. . R:. ..
(1) + €6,(1) + wy8(1) = = 2 —=8,(1) (1)
i#j R,dj;

(see Ref. 22 and references therein) where &,(f)=R,(1)-R,;,
R(1) is the radius of bubble i as a function of time, R,, is the
equilibrium radius of bubble i, and

o= -5 @

PRy,
are the damping coefficients. Note that, in general, the damp-
ing is quite small and the mathematical expression for ¢;
should include the radiation, thermal, and viscous damping.
These expressions can get quite lengthy (see published
works by Devin® and Eller®"). In order to simplify the analy-
sis, we follow the work of Ida'® and use Eq. (2) as an ap-
proximation for the damping. The natural frequency of a
bubble in isolation, w,;, is given by
2 _37P,

w. .=
ol 2 0
pRoi

(3)

where p is the density of the liquid, 7y is the specific heat
ratio, and P, is the equilibrium pressure. Equation (1) can be
written in matrix form as
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FIG. 1. Bubbles of different size close to a wall.

MXx + Cx + Kx = — Sk, (4)

where x is a time-dependent vector of all the &,(r), M is the
inertia matrix, C is the damping matrix, K is the stiffness
matrix, and S contains all the coupling terms of the bubble
system. Equation (4) can be solved by assuming a solution of
the form x=Ae which gives

N2 (M +S)+AC+KJA=0. (35)

In order to obtain a nontrivial solution for the right eigenvec-
tors A,

det{]A\’(M +S) + \C + K] =0; (6)

thus there are only distinct values of N (eigenvalues) and
associated A that can be solutions to Eq. (5). This is a qua-
dratic eigenvalue problem and can be found to occur in many
practical applications (see Ref. 25 for more examples). Equa-
tion (6) is a polynomial of order 2n, where n is the matrix
dimension or the number of bubbles in the system. Since all
coefficients of the characteristic polynomial [Eq. (6)] are real
numbers, the roots (eigenvalues) of Eq. (6) occur in n com-
plex conjugate pairs. The natural frequencies of the system is
given by the imaginary part of A and the real part of \ (typi-
cally a negative constant) indicates the damping associated
with the natural frequencies.

In general, closed form expressions for the eigenvalues
and eigenvectors cannot be obtained. Numerical methods
need to be employed to acquire the eigenvalues and eigen-
vectors and hence compute the solution to Eq. (4). However,
insight into the solution can be obtained by examining the
closed form expression for the eigenvalues of a simpler sys-
tems consisting of only two and three bubbles. First, consider
the case where the system is made up of two bubbles with
different equilibrium radii, R;, and the effects of the walls
are modeled by the method of images (see Fig. 1). For such
a system, Eq. (5) can be written explicitly as
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where d,, is the distance between the two real bubbles and
the other d;; are the distances between the bubbles and their
images. Following the discussion above, a nontrivial solution
can be only obtained if

R R; R;
)\2<1 + d_m) + € + W), )\2<i + i)

13 Ryidis  Rydyp
o R? R? R
7\2(¢+L> x2(1+ﬂ>+>\ez+w§2
Ropdri Rppdas dyy
=0. (8)

Equation (8) is the characteristic polynomial for a system of
two unequally sized bubble with images used to model the
effects of the wall.

The analytical expression for roots of the polynomial
specified by Eq. (8) above can get unwieldy and does not
provide useful information. A further simplification can be
made if we assume that the two bubbles are of the same size,
i.e., Ryj=Rpn =R, and thus wy;=wg,=w,. We will also ignore
damping by setting ¢; (for millimeter sized bubbles, the
damping is usually very small) and assume that the size of
the bubbles, R, is small relative to the distance between the
bubbles, hence dj,~d;,~d (see Fig. 1). Making these as-
sumptions, Eq. (8) simplifies to

3 R
)\2<—) + g 7@(2—0)
2 d

det =0. )
R 3

x2<2—°> xz(—> +

d

The eigenvalues corresponding to Eq. (9), \, can be found to

be
202 202
i\/¢ and t\/¢, (10)
—3—4/(dIRy) —3+4/(dIRy)

with associated eigenvectors given by

BRI

The first eigenvector has a lower natural frequency and it
represent a regime where the two bubbles oscillate in phase
relative to each other. This is the + (symmetric) mode. The
second eigenvector is the — (antisymmetric) mode because it
represents the state where the two bubbles oscillate 180° out
of phase with each other phase with each other. The + mode
of a two bubble system always has a lower frequency than
the — mode of a two bubble system. The reason for this was
explained by Feuillade.”* When bubbles oscillate in phase
with each other, they expand and contract simultaneously.
Because the liquid in between the bubbles is assumed to be
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FIG. 2. Natural frequencies of the “—" mode for a two and three bubble
system (—), natural frequencies for the “+” mode of a two bubble system
(——), and natural frequency for the “+” mode of a three bubble system (---).

incompressible, the motion of the bubbles is retarded and
leads to a reduction in natural frequency. The opposite is true
for the — mode leading to a higher natural frequency. Note
that in the limit where d — oe, the natural frequencies of the
system approach

2
\/;a)o ~ 0.8165a,, (12)

which is the natural frequency of a single bubble attached to
a wall. A plot of the natural frequencies of the system is
shown in Fig. 2 which is similar to Fig. 3 of Feuillade® who
studied the oscillations of bubbles in free space. The only
difference here is that the asymptotic value of the natural
frequencies is approximately 0.8165wy (as oppose to just w,)
which is the result of adding image bubbles in the system to
model effects of the wall.

A similar analysis can be carried out for a system con-
sisting of three bubbles arranged on the vertices of an equi-
lateral triangle of length d attached to a wall. Again, the
method of images will be used to model the effects of the
wall and all bubbles will be assumed to be of equal size. The
natural frequencies for such a system can be shown to be
given by the following expressions:

N - / ZwS . / 2w(2)
T N =-3-8/(dRy))’ ~— NV-=3+4/(d/R)’
. / Zw%
T N =34+4/(dIRy)’

Note that one of the eigenvalues is repeated. The correspond-
ing eigenvectors are

1 -1 -1
1t, 1 ¢ 50 ¢ (13)
1 0 1

The first eigenvector is the + (symmetric) mode because it
represents the state where all three bubbles oscillate in phase.
The other two eigenvectors have the same natural frequen-
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FIG. 3. Natural frequencies of a two bubble system close to a wall for
different values of Ry,/R,;. — Natural frequencies of the “—” mode, ——
Natural frequencies for the “+” mode.

cies and they represent a regime where two bubbles oscillate
180° out of phase with each other, while the third bubble
remains in equilibrium (the — mode). Figure 2 also shows a
plot of the natural frequencies of a three bubble system. The
natural frequency associated with the — mode is the same as
for the two bubble system. The frequency associated with the
+ mode is lower for the three bubble system than for the two
bubble system.

The analysis above was formulated for bubbles that are
of the same size. For a system consisting of bubbles that are
of different sizes, the closed form solution can be unwieldy
and not very informative. To study the effects of different
bubble sizes, the eigenvalues for a two bubble system is
obtained numerically by solving Eq. (8). Similar to the
analysis carried out above, we will again assume that damp-
ing can be neglected and that the spacing between the
bubbles are large compared to the size of the bubbles d,
~d,=d. Computations were carried out with reference
bubble size, Ry;=2.29 mm and Ry/Ry;=1.00,1.29,2.00.
These bubble sizes were chosen because they are similar to
the bubble size used in our experimental setup (see Sec. IIT).
The resulting eigenvalues obtained are shown in Fig. 3 . The
modes of oscillations can again be classified as either a sym-
metric (or +) mode where both bubbles oscillate in phase
and antisymmetric (or —) mode where both bubbles oscillate
180° out of phase. As expected, and consistent with the rea-
sons given by Feuillade® for the case with similar size
bubbles, the frequency of the + mode is always less than the
frequency of the — mode. From Fig. 3, it can be concluded
that the — mode is affected by R,/ R(; only for small values
of d/Ry;. For d/Ry; >3, there is very little variation in the
natural frequency associated with the — mode. On the other
hand, the + mode appears to be sensitive to the value of
R/ Ry The natural frequency associated with the + mode
appears to monotonically decrease with Ry,/R; for all val-
ues of d/Ry;.

In the experiments, the bubble system was excited with
an external source. So, strictly speaking, we will be measur-
ing the resonance frequency of the bubble system. In systems
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where the damping is small, the resonance frequency is very
similar to the natural frequency of the system. To investigate
the behavior of system eigenmodal response to external ex-
citation, we will take a closer look at the particular solution,
6,(t), of a two bubble system close to a wall [Eq. (7)] excited
by a time harmonic force (f)=q.ye' . Following Tisseur
and Meerbelrgen,25 ,(t) can be written as

2n B*q
8y(1) = e X —I=2 A

J
j=1 [Wex— N\

(14)

where A, B, and \ are right, left eigenvectors, and eigenval-
ues of the quadratic eigenvalue problem shown in Eq. (5).
The contribution of the particular mode A; to the particular
solution is dependent on the jth coefficient

B*!' Qext

[ Wy — )\j

b= (15)

Thus ¢ is a measure of the contribution of the + or the —
mode to the particular solution. It is clear that ¢; increases if
we force the system at a frequency close to the eigenvalues
associated with A ;. A resonance condition in the system will
occur if the frequency of the external excitation is very close
to the natural frequencies (provided damping is small).

To study the effects of the external frequency excitation,
the amplitude of the various modes, ¢, is plotted as a func-
tion of excitation frequency. From Eq. (15) the peak of ¢ is
expected to occur when the system is excited at the fre-
quency similar to the natural frequency of the mode. If the
same pressure amplitude were applied to both bubbles, then
the response would only be made up by the + mode. How-
ever, if the pressure amplitudes applied to both both bubbles
were different, then it could be expected that §,(7) is made
up of both the + and — modes. In the following graphs,
results will be presented assuming that the external excita-
tion 1s

1
Aot = W{OA } (16)

These figures are selected because they are close to the am-
plitude of excitation that was applied to different bubbles in
the experimental setup. In our experimental setup, all
bubbles would experience different excitation amplitudes;
hence 8,(¢) will be made up of both the + and — modes. The
magnitude of ¢ for both the + and — modes are shown Fig.
4. The effects of separation distance on ¢ is shown in Fig.
4(a). ¢ for the — mode is shown by the solid line and ¢ for
the + mode is shown by the dashed line. As explained ear-
lier, the peak of ¢ for the — mode will always occur at a
frequency higher than the peak of ¢ for the + mode. It is
clear that as the two bubbles are moved further apart, the —
mode becomes the more dominant mode. The effects of
bubble size ratio Ry,/R,; on the amplitudes of the different
modes is illustrated in Fig. 4(b). It is clear that increasing the
size of the second bubble increases the amplitude of the +
mode while preserving the peak corresponding to the —
mode. Hence one can reasonably expect the + mode to be
more dominant for larger values of Ry,/Ry;.
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FIG. 4. Amplitude of “+” mode (—-) and amplitude of “—" mode (—) as a
function of excitation frequency w,,,. (a) illustrates the effects of varying
distance between the bubbles, d, which is indicated in the figure. Ry,
=2.29 mm and Rj,=2.88 mm. The effects of varying Ry, is shown in (b),
where d=10 mm and R(;=2.29 mm. The values of R\, is shown in the
figure.

lll. EXPERIMENTAL SETUP

The principal purpose of the experimental apparatus is
to transfer acoustic energy to the bubble system and to detect
the system’s response. The apparatus utilized is shown in
Fig. 5. The rig and postprocessing methodology is very simi-
lar to that used by Payne et al.”® The excitation signal is
generated by a computer and is passed into a stereo amplifier.
The amplified signal is then passed into the mechanical os-
cillatory unit which converts the electrical signal into oscil-
lations in the liquid where the bubbles exist. The response of
the bubble system is detected by a hydrophone and this sig-
nal is amplified by a charge amplifier unit. The bubble oscil-
lations are logged using a high speed data acquisition system
consisting of a data card, a data adapter, and a data logging
computer.

The chamber is made from 12 mm thick acrylic and has
a square base of length of 300 mm and height of 50 mm. A
30 mm diameter circular hole in the bottom of the cylinder
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FIG. 5. (Color online) Experimental apparatus.

allows the acoustic waves to propagate through the liquid
domain. To generate the mechanical oscillations, a common
audio speaker was adopted which is similar to that used by
Hsiao.” It was a 203.2 mm diameter, 8 ) speaker and was
modified by the attachment of an aluminum piston to its
diaphragm. The piston in turn drove a piece of duct tape that
sealed the hole in the chamber base.

The water in the tank was Melbourne tap water which
had been filtered prior to filling the tank. The bubbles were
introduced manually with a precision syringe (50 ul, Alltech
Associates Australia, with a volumetric accuracy of *=5%)
fitted with a needle, and were arranged as close as possible to
the centerline of the piston as possible (*0.25 mm). The
error in injected bubble volume corresponded to less than
1.7% of the bubble radii. Prior to this any small bubbles that
have been introduced by the process of filling the tank were
carefully removed by a combination of sweeping the plate
surface with a wire and suction using a syringe and tube.
Introduction of all the bubbles required generally took a few
minutes and where bubble sizes were varied; this was done
by injection of additional air. When a bubble was moved to a
new location, it was swept with a wire. It is well-known that
very small bubbles can increase their size over time, owing
to rectified diffusion:*’ even under very low-amplitude forc-
ing, bubbles with radii in the order of 100 um can increase
their radius by 50% after 1 h of continuous forcing.28 How-
ever, since the bubbles of the present experiment were
millimeter-sized bubbles (4000 times the volume of the just-
cited experiments) and forcing pressures were less than
107° bar, for rectified diffusion or dissolution effects were
negligible over the approximately 45-60 min required to
perform a complete set of measurements. Careful observa-
tion indicated the bubble size had not changed measurably
(to 0.1 mm) before and after the experiments. Sound am-
plitudes were kept well below those at which bubbles moved
or exhibited surface oscillations.

A chirp signal was used to drive the speaker; it had
constant amplitude and increased in frequency over time.

lllesinghe et al.: Resonant frequency of bubble system 2933
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FIG. 6. Frequency domain response for an input chirp signal. (a) Without
bubble response. (b) Response for a 50 ul bubble.

This signal was amplified before it was passed through to the
speaker. The length of the chirp signal was kept constant at
480 ms; its frequency varied from 100 to 2500 Hz, covering
the expected resonance of the bubble system in the tank.
Chirps were run in rapid succession, 540 ms apart.

Thirty time domain chirp responses were detected via
the hydrophone and were converted to the frequency domain
via a fast Fourier transform. As a reference, and in order to
determine the frequency response of the tank itself, data from
the hydrophone were initially obtained for cases when no
bubbles were present in the tank.”’ Typical frequency re-
sponse is shown in Fig. 6(a). Experiments were subsequently
carried out with bubble systems present in the tank. Typical
frequency response when there is a single 50 ul bubble
present in the tank is shown in Fig. 6(b). In order to obtain
the resonance frequency of the bubble system, the data in
Fig. 6(b) were scaled with the data in Fig. 6(a) and the reso-
nance frequency of the bubble system is identified as the
frequency when the scaled value is a maximum.

Experiments were conducted to detect pressure varia-
tions along the plate surface. The hydrophone was placed at
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FIG. 7. (Color online) Pressure distribution in the x-y direction of the tank.

the center of the acoustic source and directed away from the
source in two directions normal to each other along the plate.
As the pressure oscillations are cyclic, the rms value of the
pressure is calculated for a given chirp length of 0.18 ms,
with frequency varying from 800—1500 Hz. The rms pres-
sure is calculated using the Euclidean length of the set of
pressures given as

Nc[
1Pl = | 2 Pa()?. (17)
i=1

where the P, (i) is an element of the set of pressures which
changes with time and N, is the length of the set of pres-
sures. This Euclidean length is then converted to a rms value
by considering

1Pl
VN,

Prms: (18)

This rms pressure value represented as a voltage value is
shown in Fig. 7 for two orthogonal directions, considered in
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the experiment. The hydrophone was placed as close to the
plate as physically possible to detect the pressure oscillations
at the plate.

Figure 7(a) depicts the pressure distribution along the
axis denoted as x; the figure shows that pressure is highest
where the hydrophone is directly above the acoustic source.
As the distance from the acoustic source increases, the pres-
sure decreases accordingly. The wavelengths of sound in the
tank were at least 1 m, and the distance from the source to
the tank wall was 0.15 m. The disk creating the oscillation in
the tank was only 15 mm in radius, and therefore might be
considered a point source relative to the wavelength. The
sound field intensity falls off to 0.2 of its maximum value
over only 5% of a wavelength, not because of standing-wave
effects but simply because of the geometric spreading of the
sound wave from the small source. Figure 7(b) depicts the
pressure distribution along the axis denoted as y. Figures
7(b) and 7(a) are similar, yet differences between the plots
exist. Note that the variations in the pressure was calculated
for ten signals and the standard deviation is plotted which is
barely visible. It could be considered that random errors due
to signal generation and detection are insignificant.

In Secs. IV and V, when experimental data are compared
with theoretical predictions, we will assume that the reso-
nance frequency is similar to the natural frequency [obtained
by solving Eq. (6)]. In the bubble system analyzed in this
paper, the damping is usually very small. In general, it is
well-known that the resonance frequency is very close to the
natural frequency for a linear second order system with small
damping. Justification of this assumption for a bubble system
close to a wall can be found in Ref. 20.

IV. RESULTS AND DISCUSSION

As mentioned previously, this study will focus on the
comparison of image-bubble theory with experimental data
for a system consisting of bubbles of different sizes. As far as
the authors are aware, this type of data has not been acquired
before. Studies in the literature on equally sized bubbles (see
Refs. 8, 10, 29, and 20) show that the coupled-oscillator
model using image theory predicts resonant frequencies that
agree well with experimental data. Practical applications
usually consist of systems with bubbles that are of different
sizes. Thus, it is important to investigate and prove if this
agreement extends to data from a system made up of bubbles
that are of different sizes. In order to keep the number of
parameters manageable, only two and three bubble arrange-
ments will be considered. For the three bubble system, the
bubbles are arranged on the vertices of an equilateral tri-
angle.

Experiments were conducted for two different-sized
bubbles where the bubbles were positioned next to each
other with a separation distance of 12 mm. One 50 ul bubble
was left as the reference bubble next to a second bubble
which varied in size. The hydrophone was placed at the cen-
ter of the two bubbles to detect the oscillations of the two
bubble system. The size of the second bubble was incremen-
tally increased from 5 to 400 ul. At each increment the reso-
nance frequency of the bubble system was measured. The
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FIG. 8. (Color online) Resonance frequency vs ratio of bubble radius for
two different-sized bubbles where the reference bubble remains at 50 ul
(Rp1=R,=2.29 mm) and the other bubble incrementally increased size
from 5 to 400 ul. (---) Symmetric mode eigenvalues from Eq. (5) without
image bubbles, (—) with image bubbles. (O) The experimental results, with
error bars shown by vertical lines.

results obtained for this two bubble system are shown in Fig.
8. The error bars on the figure are smaller than the symbols,
showing that there was insignificant variation between the 30
chirps. The wavelength of acoustic pressure waves in the
chamber was large relative to the distance between the
bubbles. Hence, it could be assumed that the chirp signal
excited the symmetric mode (where all bubbles oscillate in
phase) of the system and the dominant frequency detected by
the hydrophone would be the + mode frequency, especially
if the bubbles were close. The theoretical + mode frequency
using image bubbles to approximate the effects of the wall
[i.e., the roots of Eq. (8)] is plotted against the ratio of the
bubble sizes, namely, the ratio between the size of the vol-
ume incremented bubble and the reference bubble [i.e.,
(R,j/Rre)*]. Note that for these set of results, R =Rp,
=2.29 mm. For comparison, the symmetric mode natural fre-
quency for a bubble system in an unbounded domain (i.e.,
without image bubbles) is also shown in this figure. It is
clear that the experimental data lie closer to the eigenvalues
given by Eq. (8), validating the use of image bubbles to
model wall effects.

Figure 8 shows that for small values of (R,;/Rp)’ <1,
the system response is dominated by the larger 50 ul bubble
on a wall. Using Egs. (3) and (12) the + mode natural fre-
quency of a 50 ul bubble on the wall is approximately
1163 Hz. This is very close to the resonance frequency mea-
sured by the hydrophone when (R,;/Re)* <1. As (R,;/ Ryef)?
increases, the resonance requency decreases, consistent with
the theoretical prediction shown in Fig. 3. When (R,;/ R’
>0, the experimental resonant frequency is larger than the
theoretical prediction made using the mirror image. The big-
ger (dominant) bubble in the system is no longer the refer-
ence 50 ul but the other bubble in the system, which could
be up to 400 wl in volume. This deviation from the experi-
mental data could be partially explained using the argument
presented by Strasberg.ﬂ When bubbles get bigger, buoy-
ancy and surface tension forces change the shape of the
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FIG. 9. (Color online) Resonance frequency vs ratio of bubble radius for
three different-sized bubbles with two reference bubbles remains at 50 ul
(Ry1=Rt=2.29 mm) and the other bubbles incrementally increases from
5 to 400 ul for each experi ments. (---) Symmetric mode eigenvalues from
Eq. (5) without image bubbles and (—) with image bubbles. (O) The ex-
perimental results, with error bars shown by vertical lines.

bubbles from a perfect sphere to an oblate spheroid. The
theoretical analysis carried out by Strasberg21 showed that
this change in shape can cause a slight increase in the reso-
nance frequency of bubbles in an unbounded domain. Even
though the bubbles here are close to a wall, we argue that
similar principles would apply. This slight increase in the
measured frequency is also consistent with the results pre-
sented in Ref. 20.

Similar to the two different-sized bubble case, experi-
ments were conducted for a system with three different-sized
bubbles. Two different cases are possible. The first case is
where a single bubble is incrementally increased in volume
with each experiment, leaving two other bubbles as reference
bubbles. In our experiments, the volume of the (two) refer-
ence bubbles were fixed at 50 ul, and the volume of the
incrementally growing bubble was varied from 5 to 400 ul.
The resonance frequencies measured by the experimental ap-
paratus is shown in Fig. 9. The second case is where two
bubbles incrementally increase in volume, leaving one
bubble as the reference bubble. In our experiments, the vol-
ume of the reference bubble was kept constant at 50 ul and
the size of the other two bubbles were varied from
5 to 350 wl. The results obtained are shown in Fig. 10. In
both these cases the bubble separation distance was kept con-
stant. Preliminary tests had showed that the positioning of
the hydrophone had little effect on the measured + mode
resonance frequency. Hence the hydrophone was placed
close to the reference bubble, to be consistent with all the
other experiments presented in this paper.

There are general similarities between data in Figs. 9
and 10. It is clear that there is a decrease in the symmetric
mode resonance frequency for increasing values of
(R,;! R..)°. The prediction using the mirror-image theory is
plotted in these figures and, for reference, the + mode natu-
ral frequency of three bubbles in an unbounded domain (i.e.,
no image bubbles) is also shown in Figs. 9 and 10. Similar to
the previous two bubble case, it is clear that the image theory
provides a better match with the experimental data. In Fig. 9
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FIG. 10. (Color online) Resonance frequency vs ratio of bubble radius for
three different-sized bubbles with one reference bubble at 50 ul (Ry =R,
=2.29 mm) and the other two bubbles incrementally increase size from
5 to 350 ul with each experiment. (---) Eigenvalues from Eq. (5) without
image bubbles and (—) with image bubbles. (O) The experimental results,
with error bars shown by vertical lines.

and for (R,;/R,)?<1, the bigger (dominant) bubble in the
system are the two reference 50 ul bubbles. It can reason-
ably be expected that the two 50 ul bubbles will dominate
the response of the system for (R,;/ R..0)><1. Thus one can
simply ignore the third smaller bubble in the system and
predict the resonance frequency by using Eq. (10). This gives
the natural frequency of two 50 ul bubbles on a wall to be
1038 Hz, which is very close to the frequency measured ex-
perimentally for (R,;/R.)?<1 (see Fig. 9). When there is
only one reference bubble in the three bubble system, the
bigger (dominant) bubble in the system is the reference
50 ul when (R,;/R,)*<1. Figure 10 shows that for
(R,;! R.p)><1, the measured frequency is approximately
1150 Hz. This is very close to the value of the natural fre-
quency for a single 50 ul bubble attached to a wall which
has a natural frequency of 1163 Hz. Hence, the effects of the
two neighboring bubbles can be neglected provided that
(Ryj/ Ret)* < 1.

There are, however, several differences worth mention-
ing when comparing data in Figs. 9 and 10. For (R(,j/Rref)3
>3, it is clear that there is better agreement with theoretical
predictions in Fig. 9 than in Fig. 10. In Fig. 10, there are two
large bubbles in the system that are shaped like oblate sphe-
roids. Since Strasberg21 showed that the natural frequency of
the system is increased for bubbles shaped like oblate sphe-
roids, and since the measured frequencies are dominated by
the larger bubbles in the system, the two larger bubbles shift
the resonance frequency above the curve predicted by the
mirror-image theory. In Fig. 9 with (R,;/ R..p)>>3, only one
of the bubbles in the system was large (and shaped like an
oblate spheroid); thus there is better agreement with pre-
dicted data. This shows that as the number of large bubbles
increase, deviation from the theory developed here is more
prominent. This is to be expected because the theory assumes
that the bubbles are spherical, which is not the case when the
bubbles are large.
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FIG. 11. (Color online) Resonance frequency vs bubble separation distance
for two bubbles of 50 ul (Ry=R,=229 mm) and 100 ul (Ry,
=2.88 mm) (a) 150 ul (Ry,=3.30 mm) (b). (---) symmetric and (--) anti-
symmetric mode eigenvalues for the mathematical model without any image
bubbles. (—) symmetric and (—-) antisymmetric mode eigenvalues using
image bubbles to model the effects of the wall. (O) Experimental data, with
error bars shown by vertical lines.

In the next set of experiments, the effect of bubble sepa-
ration on the resonant frequency for a system of two
different-sized bubbles is investigated. Experiments were
conducted with two different-sized bubbles. The bubbles
were initially placed close to each other and then one of the
bubbles were gradually moved further away from the refer-
ence bubble. The first set of experiments were conducted
with a 50 ul bubble placed next to a 100 ul (r=Ry,/Ry,
~1.26) bubble with a separation distance of 8 mm. The
bubbles were then moved along the rigid boundary until the
bubble separation distance reached 80 mm. The results ob-
tained are shown in Fig. 11(a). To illustrate the effects of the
wall, theoretical predictions were computed for cases with
(to simulate wall effects) and without image bubbles in the
model. In general, it is clear that the predicted data obtained
using image bubbles tend to agree better with the experimen-
tal data. For small bubble separation, the dominant frequency
is the + mode frequency. As the bubbles are moved further
apart, the frequency response is dominated by the — mode. It
can be seen that the + mode frequency predicted by the
theoretical results deviate considerably from the experimen-
tal data. But as the distance between the bubbles increase, it
seems that the — mode begins to dominate and there is better
agreement with theoretical predictions. The occurrence of the
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FIG. 12. (Color online) Resonance frequency vs bubble separation distance
for two bubbles of 10 ul (Ry=R,s=1.34 mm) and 20 ul (Rj=1.68 mm).
(---) Symmetric and (---) antisymmetric mode eigenvalues for the math-
ematical model without any image bubbles. (—) Symmetric and (——) anti-
symmetric mode eigenvalues using image bubbles to model the effects of
the wall. (O) Experimental data, with error bars shown by vertical lines.

— mode is likely to be due to the fact that the applied sound
field was not perfectly uniform within the chamber. As
shown previously in Fig. 7, the pressure is high at the center
of the piston and decreases away from the piston center. As
shown in Fig. 11(a), the theoretically predicted — mode
shows closer agreement to the experimental data. The
changeover from + to — mode occurs as the distance be-
tween the bubbles reaches approximately 14 mm, and the —
mode appears to continue to dominate for bubble separation
distances beyond 14 mm.

From the theoretical analysis described in Sec. II, it was
conjectured that the — mode would be more difficult to ex-
cite at larger values of r. In order to prove this hypothesis, an
experiment was conducted for a two bubble system with a
larger value of r. This was achieved by keeping the reference
bubble at 50 ul and increasing the size of the second bubble
to 150 wl. This system would correspond to r=1.44. Again,
as in the previous case, the bubbles were moved apart to a
maximum distance of 80 mm. The results obtained are
shown in the Fig. 11(b). As in the previous case, for small
values of d, the dominant frequency is the + mode fre-
quency. The — mode becomes dominant when the distance
between the bubble was increased. It is important to note that
the transition of the dominant frequency from the + to the —
mode occurs at bubble separation d=~20 mm. This is a larger
transition value than for the prior set of experiment (when
the transition occurs at d= 14 mm), indicating that the anti-
symmetric mode is harder to excite in this system (i.e., for
r=1.44) than in the previous system (for r=1.26).

Lastly, the effects of smaller bubble size is investigated.
Experiments were conducted with a bubble system consist-
ing of 10 ul and a 20 ul bubbles. This case has r=1.26
[similar to the case in Fig. 11(a)] but d/R, is much larger
(due to the smaller size of the 10 ul reference bubble). The
results obtained are shown in Fig. 12. It is clear that the
dominant frequency obtained is the + mode resonance fre-
quency. No — mode frequencies were detected by the micro-
phone. The + mode resonance is closer to that of the theo-
retically predicted when the distance between the bubbles is
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small. However, as the bubble separation distance increases,
the experimental data deviate from the theoretical values.
The + mode frequency increases gradually and asymptotes,
similar to that predicted by the mathematical model. How-
ever, the experimental results and the theoretical results do
not asymptote to the same value. It is interesting to note that
for all separation distances, the experimentally measured
resonance frequency did not pick up the — mode frequency.

V. CONCLUSION

The present results on bubble attached to a rigid bound-
ary show that bubbles of different sizes exhibit similar trends
in resonant acoustic frequency to bubbles of equal size. It has
been illustrated that as in the case of systems consisting of
bubbles that are of the similar size, the oscillations of a sys-
tem of bubbles of different size attached to a rigid boundary
can be modeled using coupled-oscillator theory with mirror-
image bubbles approximating the effects of the wall. Both
theory and experimental data show that as the ratio of the
volume of the bubbles in the system increases, the resonance
frequency of the system decreases. Results obtained using
the coupled-oscillator model were generally in fair to good
agreement with the experimental data. It was observed that
when the distance between the bubbles is small, the symmet-
ric mode is dominant and when the distance between the
bubbles is large, the antisymmetric mode frequency becomes
dominant. The antisymmetric mode is harder to detect when
the ratio of the bubble sizes in the system is large.
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The ultrasonic backward beam displacement, which has been shown to occur when a bounded beam
is incident upon a periodically corrugated liquid-solid interface, is studied experimentally. This
effect has been previously studied on a periodic water-brass interface at one particular frequency (6
MHz) and one corresponding angle of incidence (22.5°), but the question has remained whether it
would also exist at other frequency and angle combinations. The knowledge of whether this
phenomenon is a coincidence or whether it will occur for other frequency and angle combinations
contributes to a better understanding of the interaction of ultrasound with periodic structures and
diffraction effects, in particular. Potential applications exist in the study of phononic crystals and in
the non-destructive evaluation of materials. The present work reports results from recent
experiments on the same periodically grooved brass sample that was employed in the first
investigations of this phenomenon. Through the examination of frequency spectra in the form of
angular and classical spectrograms, the experiments reported here show the backward beam
displacement to occur for multiple angles of incidence and frequencies. Furthermore, evidence is
shown as to the exact cause of the backward beam displacement, namely, a backward propagating

Scholte-Stoneley wave. © 2009 Acoustical Society of America. [DOI: 10.1121/1.3243467]

PACS number(s): 43.35.Bf, 43.30.Hw, 43.20.E1, 43.35.Pt [RR]

I. INTRODUCTION

The ultrasonic backward beam displacement on a peri-
odically corrugated surface, as shown in Fig. 1(a), has in-
trigued scientists since the 1970s when it was initially dis-
covered by Breazeale and Torbett.! The motivation behind
their work was to discover the acoustic phenomenon that
would correspond to the optical phenomenon predicted by
Tamir and Bertoni, where an interface with a periodic struc-
ture superimposed may cause a leaky wave to propagate in
the backward direction, resulting in a backward displacement
of the specularly reflected beam.” Using schlieren imaging
and a bounded beam with a frequency of 6 MHz at an angle
of incidence of 22.5°, Breazeale and Torbett did indeed ob-
serve the first ultrasonic backward beam displacement, as
shown in Fig. 1(b).

Although the phenomenon was of physical interest from
the time of its discovery, the backward beam displacement
did not receive attention in the 1980s and 1990s when peri-
odically corrugated surfaces were being used to transform
bulk waves into surface waves for the non-destructive testing
of surfaces of materials because at that time the focus was on
the study of normal, and not oblique, incidence.” However,
the interaction of sound with periodic structures, periodic
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surfaces being but one example, has attracted new interest in
the past decade with the study of phononic Crystals.477 Due
to the unique properties that stem from their periodicity
(band gaps, etc.), these acoustic counterparts of photonic
crystals in optics have potential applications including acous-
tic filtering and novel transducers.*” In addition, periodic
surfaces have recently been investigated in the context of
Lamb wave propagation in corrugated plates (waveguides)
with applications in the non-destructive evaluation of non-
planar surfaces' and surface roughness characterization."!
Also in recent years, the backward beam displacement
has received new attention with the proposal of a numerical
technique by Declercq et al."* based on a combination of
inhomogeneous wave theory and the Rayleigh theory of dif-
fraction that enabled the simulation of the beam displace-
ment. The same theoretical approach was then used to study
the effect of the beam width and to reveal the cause of the
effect, which turned out to be a leaky form of Scholte—
Stoneley waves."? Shortly thereafter, experiments were con-
ducted by Teklu et al."* that showed agreement with theoret-
ical predictions concerning the influence of the beam width.
Their experiments using schlieren photography also showed
that the backward beam shift appeared when the negative
first order diffracted sound beam was barely visible along the
surface of the sample. This observation was considered a
signal of the transition of the negative first order from a bulk
wave to a Scholte—Stoneley wave with decreasing angle of
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FIG. 1. (a) Diagram of the ultrasonic backward beam displacement on a
periodically corrugated surface. The location of the specular beam predicted
geometrically is shown by dashed lines. The backward shifted beam is
shown in solid lines. The backward propagating leaky surface wave causing
the beam shift propagates in the negative x-direction. Corrugation profile
enlarged for illustration. (b) Schlieren image showing the backward dis-
placement of a 6 MHz ultrasonic beam on a water-brass grating interface
(Ref. 1).

incidence, but there was no hard evidence. (It should be
noted that on homogeneous, planar solid surfaces, phase
matching considerations prevent the coupling between bulk
waves and Scholte—Stoneley waves. However, in the case of
a homogeneous non-planar solid surface such as the periodi-
cally corrugated one studied in this work, a coupling be-
tween bulk waves and Scholte—Stoneley waves can exist.")

Prior to this experimental work by Teklu er al., a nu-
merical study on the behavior of Scholte—Stoneley waves
when they encounter the corner of a solid plate16 revealed
that Scholte—Stoneley waves are scattered in the forward
direction upon reaching the corner and do not propagate
around the corner in the manner of leaky Rayleigh
waves.'"'® This phenomenon has also been shown ex-
perimentally. 1

The present work has two objectives, both accomplished
experimentally. The first objective is to quantitatively show
that the backward beam displacement exists at additional fre-
quencies and angles of incidence other than the single fre-
quency and angle of incidence pair (6 MHz, 22.5°) studied in
the past and to show that the classical grating equation can
be used to theoretically predict potential frequency and angle
pairs. The second objective is to show that the backward
displacement is accompanied by a backward propagating
Scholte-Stoneley wave, which results in the known trans-
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mission effect upon reaching the edge of the solid sample.
This work realizes both of these objectives through the
analysis of frequency spectra resulting from angular scans of
the ultrasound fields in water using a newly developed polar/
C-scan apparatus at Georgia Tech Lorraine. All the experi-
ments reported here are performed on the original grooved
brass sample that was used in 1976 when Breazeale and
Torbett' first reported the ultrasonic backward beam dis-
placement.

Il. THEORETICAL CONSIDERATIONS

We consider a bounded beam incident from water (with
a sound velocity vj,,) at an angle of incidence 6; onto a
grooved solid surface with spatial periodicity A. All angles
of incidence are given from the normal to the surface, and
the beam is considered to be time-harmonic with frequency

f. From the classical diffraction grating equation,” an expres-

sion is formulated that gives the optimum angle of incidence
for the generation of a diffracted backward propagating lat-
eral wave (e.g., surface wave with velocity vgy):

1 1
sin(6;) = U11q<fA Usurf)' (1)
This expression can be inverted to give the frequency of the
backward propagating lateral wave given a known angle of
incidence. [In the derivation of Eq. (1), the diffracted surface
wave generated is considered to be of the negative first order
since higher order modes will not propagate for the frequen-
cies and surface periodicity examined in this work.] It was
predicted by Tamir and Bertoni’ that the presence of a back-
ward propagating leaky wave would interfere with the specu-
larly reflected beam and result in its lateral backward dis-
placement. In the first investigation of this prediction,
Breazeale and Torbett used a value of 2015 m/s, the leaky
Rayleigh wave velocity on brass, as the velocity of the back-
ward propagating leaky surface wave and a velocity of 1490
m/s for water. Their sample had a rectangular corrugation
profile with a periodicity of 178 um and a height of 25 um.
The length of the grooved portion of the sample was 25.4
mm. The result of their calculation was a prediction of 41°
for the optimal angle of incidence to generate the backward
displacement for an incident beam with a frequency of 6
MHz. However, their experiments using schlieren photogra-
phy showed that the backward displacement occurred for
their beam at an angle of incidence of 22.5° +0.25°, not 41°
as predicted. This suggested that either the theory of Tamir
and Bertoni did not accurately describe the backward beam
displacement or that the surface wave responsible for the
phenomenon was not, in fact, a leaky Rayleigh wave.

As discussed in the Introduction, it was later shown that
the angle at which the backward beam displacement appears
can be predicted by the knowledge that the effect is induced
by a leaky type of backward propagating Scholte—Stoneley
wave.'> With this knowledge, calculations show that the sur-
face wave responsible for the backward displacement of the
6 MHz beam incident at 22.5° = 0.25° on the grooved brass
sample of Breazeale and Torbett would have a velocity be-
tween 1465.8 and 1477.6 m/s with an average of 1471.7 m/s.
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Even though, in general, one may expect dispersion of
Scholte-Stoneley waves on corrugated surfaces and a depen-
dence of the velocity on the corrugation periodicity, this ve-
locity can be used as a basis in order to predict the angle of
incidence and frequency pairs at which one may expect the
backward beam displacement to appear on the surface under
study. Thus, the frequency and angle pairs predicted by Eq.
(1), with a Scholte-Stoneley wave velocity of 1471.7 m/s
used as vg,s Will be compared to the frequency and angle
pairs observed experimentally in this work. In addition, the
velocity of sound in the water used for the recent experi-
ments reported here was measured to be 1479.5 m/s, and we
will use this velocity as v}, in Eq. (1) in order to be consis-
tent with the actual experimental environment.

In addition to predicting the frequency and angle of in-
cidence combinations that should result in the backward
beam displacement and the generation of a backward propa-
gating Scholte—Stoneley wave, the classical grating equation
also provides information on the propagation of diffracted
bulk modes that are not confined to the surface of the
sample. In prior studies of the backward beam displacement,
only single frequency beams (i.e., time-harmonic ultrasonic
beams) have been employed, and so the presence of the
backward propagating Scholte—Stoneley wave was examined
without the possibility of other propagating bulk modes be-
ing present. However, in this study an ultrasonic pulse is
employed so that many frequencies can be examined simul-
taneously. This results in the presence of additional propa-
gating bulk modes in the fluid that are not confined to the
vicinity of the surface of the sample; this occurs only for
frequencies that are higher than the frequency of the back-
ward Scholte—Stoneley wave generated at a given angle of
incidence. The propagating bulk modes are also considered
to be of the negative first order and their angles of propaga-
tion, 6, can be predicted by the following expression, also
derived from the classical grating equation:

. _Uig .
sin 6, = A sin 6. (2)
Using Eq. (2) for an ultrasonic pulse at a given angle of
incidence, the directions of the propagating modes for many
frequencies can be predicted.

lll. EXPERIMENTAL SETUP

A single experimental setup is used to accomplish both
of the objectives of this work as described in the Introduc-
tion. All measurements are performed underwater in an ul-
trasonic immersion tank. The experimental setup consists of
a pitch-catch arrangement with a stationary transducer emit-
ting a pulse with a center frequency equal to approximately 5
MHz that is incident upon the grooved brass sample. The
propagation distance between the incident transducer and the
sample is 66 mm, and the beam width is approximately 12
mm. The beam used in the original experiments of Breazeale
and Torbett was 10 mm in width, and it was shown by Teklu
et al.'* that the backward displacement is not necessarily
visible for smaller beam widths. The incident pulse and its
frequency spectrum are shown in Fig. 2. The diffracted fields
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FIG. 2. (a) Time waveform of the incident pulse and (b) its frequency
spectrum.

generated by the sample are scanned with a receiving trans-
ducer that rotates about the point of incidence on the sample
surface. This transducer is mounted in the polar/C-scan ap-
paratus which controls the rotation of the scan and the timing
of the waveform acquisition. The distance between the
sample and the receiving transducer is chosen to be 45 mm
in order to be compatible with the rotation of the polar/C-
scan equipment. The receiving transducer is continuously
aimed at the point of incidence on the grooved sample and
the propagation distance remains unchanged during rotation.
In order to change the angle of incidence, the sample is
mounted in such a manner that it can be rotated. A photo-
graph of the experimental setup (before submersion in the
tank) is shown in Fig. 3, with the sample rotated such that
the beam from the emitting transducer would be normally
incident to the sample surface.

Two types of scans are performed. The first scans the
diffracted field in front of the emitting transducer (where the
specularly reflected beam and any backward shifted frequen-
cies would be present) in order to quantitatively observe the
backward beam shift. A schematic of this scan is shown in
Fig. 4(a). A scan is performed each time the angle of inci-
dence is changed (clockwise rotation of the sample). The
angular resolution is 0.25° and the angular range is 70° for
all scans. The start and end points of each scan are deter-
mined by geometrical constraints and so their locations with
respect to the polar/C-scan equipment are identical for all
scans.
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FIG. 3. Photo of the experimental setup with the sample rotated such that
the beam from the emitting transducer is normally incident upon the sample.
Photo was taken before submersion in the water tank.

The second type of scan measures the diffracted field
behind the emitting transducer (near the surface of the
sample where the backward propagating surface wave is pre-
dicted to be found) in order to quantitatively observe the
backward propagating surface wave that is predicted to ac-
company the backward beam displacement. To scan this area
of the diffracted field, the sample is rotated in the opposite
(counter-clockwise) direction so that the receiving transducer
is now in the field considered to be behind the emitting trans-
ducer. A schematic of this scan is shown in Fig. 4(b). A scan

Path of scan to detect
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=
surface wave

(b)
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surface wave

Backward -
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Z

FIG. 4. (a) Scan path to detect the backward beam shift. (b) Scan path to
detect the backward propagating Scholte—Stoneley wave.
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is performed each time the sample is rotated to change the
angle of incidence. The angular resolution and angular range
of these scans are also 0.25° and 70°, respectively.

The measurements for the angles of incidence (i.e.,
angles of rotation of the sample) given in this work should be
considered as accurate to = 1°. Before we report our experi-
mental results, it is appropriate to discuss a consequence of
the rotational nature of our scans, namely, their sensitivity to
the magnitude of the backward displacement along the sur-
face and to the angle of incidence (or rather specular reflec-
tion). The backward beam displacement is considered to be a
lateral shift of a (time-harmonic) beam along the surface.
However, in this work, as the beam employed is a pulse, we
expect only a single or very narrow range of frequencies to
be shifted backward while all other frequencies within the
pulse will remain in the specularly reflected beam. For a
constant angle of incidence, as the magnitude of the lateral
shift of the backward displaced frequencies increases and
moves away from the specularly reflected beam, their detec-
tion becomes more difficult since this backward shifted por-
tion becomes less normal to the surface of the receiving
transducer during the scan. For a constant magnitude of the
lateral shift, the backward displaced portion of the beam at
small angles of incidence will be less normal to the surface
of the receiving transducer (and thus its detected amplitude
will be lower than the reality) than it would be for larger
angles of incidence as it rotates through the scan. In addition,
this given lateral shift along the surface will also be more
difficult to detect if it occurs for a too large angle of inci-
dence. It should be noted that the receiving transducer does
not detect the lateral shift of the backward displaced portion
of the beam, but rather the projection of that lateral shift at
the transducer surface. As the angle of incidence increases,
the projection of the lateral shift and hence the distance be-
tween the backward displaced and the specularly reflected
portions of the beam decreases at the surface of the trans-
ducer. The lateral shift then becomes more difficult to detect
since it is seen as part of the specular beam.

The conclusion of this discussion is that using the rota-
tional scans as described in this work, the backward beam
displacement can be best detected within a middle range of
angles of incidence. It should also be noted that even though
these effects should be taken into account when using a ro-
tational scan to measure the backward beam displacement,
this type of scan is an ideal tool to measure both the back-
ward propagating surface wave and the propagating modes
that occur behind the emitting transducer, simultaneously.

IV. RESULTS

The earlier experiments reported by Breazeale and
Torbett' and by Teklu et al."* studied the interaction of con-
tinuous time-harmonic waves with the corrugated brass
sample using schlieren imaging. However, the experiments
of this work employ a pulse in order to study many frequen-
cies, all of which are simultaneously incident on the sample.
To separate the different frequencies, a Fourier transforma-
tion is performed on the detected signals after their acquisi-
tion. First, the original observations of Breazeale and Torbett
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FIG. 5. Angular spectrograms confirming the results obtained by Breazeale
and Torbett. For a 6; of 22.5°, a spectrogram from the region of the specu-
larly reflected beam (a) shows a null zone of frequencies in the range 5.95—
6.16 MHz. The complementary spectrogram from a scan to detect the back-
ward surface wave (b) shows it occurring at 6.05 MHz. Propagating bulk
modes also detected in (b) and shown theoretically by dotted line.

are studied using the current experimental method. We next
discuss the results obtained for additional angles of incidence
and frequencies. Results are reported in the form of angular
spectrograms, which show the amplitude of frequencies
present in the waveform detected by the receiving transducer
as a function of the angle of the transducer within the field.
In addition, classical spectrograms, which show frequencies
present in the time waveform detected by the receiving trans-
ducer as a function of time, are presented.

In what follows, all results are normalized with respect
to the frequency spectrum of the incident beam. The angular
spectrograms, then, are amplitude plots as a function of fre-
quency and position. They are not schlieren-type images, but
are measurements in the plane of interaction at a certain ra-
dius from the interaction spot.

A. Confirmation of the observations of Breazeale and
Torbett

For a 6; of 22.5°, a scan of the region of the specularly
reflected beam results in the angular spectrogram shown in
Fig. 5(a). The beam is centered at the angle of specular re-
flection, 22.5°, as expected. There are also three note-worthy
features within this angular spectrogram, and they are num-
bered on Fig. 5(a).

First, there is a bright zone of frequencies with higher
amplitudes, labeled as “1” in Fig. 5(a), centered approxi-
mately at an angular position of 21° and at a frequency of 6
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FIG. 6. (a) Classical spectrogram for a 6; of 22.5° obtained from the time
waveform captured at a receiver angle of 21°. (b) Close-up of the classical
spectrogram in (a) to show the trailing frequencies arriving after the initial
pulse.

MHz. If we examine the angular spectrogram closely, the
maximum amplitude within this zone is found to be at an
angular position of 21° and at a frequency of 5.98 MHz.
Frequencies having high amplitudes (greater than 0.55)
within the bright zone exist between 5.92 and 6.08 MHz, and
frequencies within this range do not have such high ampli-
tudes on the opposite side of the beam. The existence of this
high-amplitude bright zone indicates that the energy from
frequency components in this range is not distributed equally
from left to right across the beam profile; these frequencies
are disproportionately found on the left side. This result can
be interpreted as evidence of these frequencies having been
shifted backward. However, if this is indeed the case, these
frequencies should be seen to have a later arrival time in a
classical spectrogram.

Therefore, a classical spectrogram was obtained from
the time waveform captured at a receiver position of 21°, and
it is shown in Fig. 6(a). If the backward beam displacement
occurs as it is currently understood, a frequency component
that is shifted backward should arrive after the other non-
shifted frequencies in the beam. This is due to finite nature of
wave propagation speeds; any frequency that is shifted back-
ward with respect to the specular direction must first travel
backward along the surface at the speed of the backward
propagating surface wave before re-radiating from the
sample surface to the receiving transducer. When we exam-
ine this classical spectrogram, we see the arrival of the
specular beam (a pulse) as a solid vertical band of frequen-
cies. The time duration of the pulse as it is seen by the
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receiving transducer is a function of the beam width, the
angle of incidence, and the incident pulse duration. However,
this specular beam arrival is followed by a faint trail of fre-
quencies that can be seen more clearly in Fig. 6(b). In this
close-up of Fig. 6(a), a band of “trailing” frequencies is seen
to arrive after the initial pulse. The band of trailing frequen-
cies is quite wide, and the frequency of maximum amplitude
of the band is 6.17 MHz along many of the initial time win-
dows of the spectrogram.

Returning to the angular spectrogram in Fig. 5(a), the
second note-worthy feature is the presence of a null zone
(with amplitudes less than 0.1), labeled as “2” in the figure,
inside the specular beam. This null zone represents frequen-
cies at positions between 20.75° and 23.75° that are detected
as having very low amplitudes in the angular scan. The fre-
quencies in the null zone range from 6.15 to 6.16 MHz at
20.75° and from 5.95 to 5.96 MHz at 23.75°. The existence
of this null zone is most likely due to phase cancellation
between specularly reflected sound and re-radiated (back-
ward shifted) sound. The presence of null strips due to phase
cancellation in the reflected fields generated by incident
bounded beams, such as those seen in studies of the Schoch
effect, are well documented.?®?!

Finally, we note the presence of vertical bands showing
many frequencies present to the left and right of the specular
beam, namely, at angles of 19° and 26.5° and labeled as “3”
in Fig. 5(a). The vertical bands to the left and right of the
specular beam can be attributed to deformation of the beam
that occurs upon reflection, which is not an uncommon oc-
currence especially in the case of periodically corrugated sur-
faces. Such beam deformation and beam widening, in par-
ticular, can be seen in several references. In particular, Figs.
5 and 6 in the work of Teklu ef al."* show the deformation of
an ultrasonic beam upon reflection from a periodically cor-
rugated surface. Specular beam deformation is also seen in
the original schlieren image of the ultrasonic backward beam
displacement observed by Breazeale in 1976' that we have
shown in Fig. 1.

The spectrogram of the complementary scan in the re-
gion of the backward propagating surface wave for the same
angle of incidence, 22.5°, is shown in Fig. 5(b). Here a back-
ward propagating surface wave with an amplitude maximum
at a frequency of 6.05 MHz can be seen with a range of
frequencies surrounding the amplitude maximum. This angu-
lar spectrogram shows that the backward propagating surface
wave propagated directly off the surface of the sample and
into the field of the receiving transducer, as one would expect
from a Scholte-Stoneley wave. Higher frequency propagat-
ing bulk orders are also seen in the spectrogram of Fig. 5(b).
The dotted line plotted on the spectrogram corresponds to the
theoretical angles of the propagating bulk modes as a func-
tion of frequency, calculated from Eq. (2). The presence of
faint additional frequencies at the same angular position as
the backward propagating Scholte—Stoneley wave can be ex-
plained as being evanescent waves, negative first order for
frequencies below the Scholte—Stoneley frequency or higher
order for higher frequencies.

A summary of these results is the following. From the
scan in the region of the specular beam, it is clear that there
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is an imbalance of frequencies across the beam profile from
left to right for frequencies in the vicinity of 6 MHz
(£0.08 MHz). There is also a null zone consisting of a band
of frequencies between 5.95 and 6.15 MHz depending on the
angle of the receiver. From the classical spectrogram, it is
seen that at a receiver angle of 21°, left of the center of the
specular beam, a wide band of frequencies with a maximum
at 6.17 MHz arrives after the specular beam. This band of
trailing frequencies is sufficiently wide as to include frequen-
cies in both the high-amplitude bright zone and the null zone
in the angular spectrogram. From the scan in the region be-
hind the incident beam, a backward propagating surface
wave with an amplitude maximum at a frequency of 6.05
MHz was detected.

From this evidence, we are led to conclude that the null
zone in the center of the specular beam is likely due to phase
cancellation resulting from those frequencies having been
shifted backward. This is based on the observation that many
of the frequencies in the null zone can be located in the
bright zone centered at 21° and that in the classical spectro-
gram taken from the time waveform arriving at 21°, the band
of frequencies arriving after the specular beam contains all of
the frequencies in the null zone. For those frequencies ap-
pearing in the null zone (located below the bright zone) at a
receiver location of 21°, we suspect that they have been
shifted backward as well, but since the sensitivity of the
receiving transducer decreases dramatically for sound not
normally incident to its surface, it is possible that this be-
came an issue at the angles where these frequencies could
have been detected.

All prior studies on the ultrasonic backward beam dis-
placement have employed a time-harmonic beam, not a
pulse. Therefore, when a pulse is employed, there exists the
possibility that for a given angle of incidence there is actu-
ally a range of frequencies, and not just a single frequency,
that can be shifted backward. We make this hypothesis based
on the observation that in the classical spectrogram of Fig.
6(b), it is a fairly wide band of frequencies that arrives after
the specular beam. This result could also be due to imperfec-
tions on the corrugated surface. One particularly interesting
feature of this band of trailing frequencies is its duration: we
can see for how long these frequencies continue to arrive at
the receiving transducer, which provides insight into the
time-dependent nature of the backward beam displacement,
which is an area for future investigation.

We now wish to compare these experimental results with
theory. The theoretical Scholte—Stoneley wave frequency,

fssw calculated for an angle of incidence of 22.5° is equal to

5.99 MHz. It can be seen in Fig. 5(a) that this frequency is
within the bright high-amplitude zone at an angle of 21° and
is in the null zone in the center of the specular beam. It is
also a frequency contained within the trailing frequencies in
the spectrogram of Fig. 6(b), and it is close to the maximum
amplitude of the detected backward propagating surface
wave. Therefore, we conclude that it is reasonable to assume
that this frequency is displaced backward with respect to the
specular beam and that its displacement is due to a backward
propagating Scholte—Stoneley wave.
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FIG. 7. (a) Angular spectrogram for a 6; of 20° showing backward shifted
frequencies in the region of specular reflection. (b) Complementary angular
spectrogram showing the backward propagating Scholte—Stoneley wave and
higher frequency propagating bulk modes (with theoretical locations shown
by dotted line).

B. Additional angles of incidence and associated
frequencies

We now address results obtained for three additional
angles of incidence, which are shown in Figs. 7-12 and are
summarized in Table I along with the results previously dis-
cussed. For each case, Table I shows the appropriate figure
numbers, the angle of incidence 6, the frequency of maxi-
mum amplitude found within the bright zone in each angular
spectrogram, the range of frequencies found in the null zone
of each angular spectrogram (amplitudes<<0.1), the fre-
quency of maximum amplitude in the trailing frequency
band in each classical spectrogram (in all cases this fre-
quency was found to remain the maximum over many time
windows), the frequency of maximum amplitude of the back-
ward propagating surface wave found in the complementary
spectrogram of the region behind the emitting transducer,
and the theoretical Scholte—Stoneley wave frequency fgg;.

Concerning the scans in the regions of specular reflec-
tion, Figs. 7(a) and 9(a) exhibit features similar to those of
Fig. 5(a), and the figures have been labeled in a similar man-
ner. First, a bright zone of higher amplitude frequencies ex-
ists on the left side of each specular beam. The bright zone in
Fig. 11(a) does not occur to the left of the specular beam, but
rather inside it. This is attributed to the fact that as the angles
of incidence and specular reflection increase, the projection
of a backward displacement appears closer to the center of
the receiving transducer. Figures 7(a) and 9(a) also show null
zones of frequencies that can be found in the higher ampli-
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FIG. 8. (a) Classical spectrogram for a ¢; of 20° obtained from the time
waveform captured at a receiver angle of 18.5°. (b) Close-up of the classical
spectrogram in (a) to show the trailing frequencies arriving after the initial
pulse.

tude bright zone in the left side of the specular beam. For
Fig. 11(a), the null zone has a different form because higher
frequencies drop off sharply in the center of the specular
beam. This can be attributed to the efficiency with which
higher frequency propagating modes may be generated for
these frequencies at this angle of incidence, as well as pos-
sible destructive interference occurring between these propa-
gating modes and the specular beam. Therefore, the null
zone for Fig. 11(a) has been calculated to occur where the
frequencies drop off with amplitudes less than 0.1.
Classical spectrograms obtained from time waveforms
captured during the scans in the regions of the specular
beams are shown in Figs. 8, 10, and 12. Each figure contains
a classical spectrogram obtained from a time waveform cap-
tured at an angular position to the left of the specular beam
with the exception of Fig. 12. In this case, it appears that the
measurement of the angle of incidence was at the upper limit
of its uncertainty and the classical spectrogram was obtained
from a time waveform received at an angle of 31.5°. In all
the classical spectrograms, the specular beam arrival is seen
as a vertical band of frequencies followed by trailing fre-
quencies that are considered to be backward shifted frequen-
cies, since they arrive after the initial pulse. Close-ups of the
spectrograms more clearly reveal the range of frequencies
that trail the initial pulse and there is a definite trend: the
trailing frequencies of maximum amplitude decrease with
increasing angle of incidence, and this is consistent with the
other experimental results and with the theoretical Scholte—
Stoneley wave frequencies. The wide bands of trailing fre-
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FIG. 9. (a) Angular spectrogram for a 6; of 26.5° showing backward shifted
frequencies in the region of specular reflection. (b) Complementary angular
spectrogram showing the backward propagating Scholte—Stoneley wave and
higher frequency propagating bulk modes (with theoretical locations shown
by dotted line).

quencies may suggest that when a pulse is incident on a
periodically grooved surface, a range of backward shifted
frequencies may be generated. One interesting feature found
in all the classical spectrograms of Figs. 6(a), 8(a), 10(a), and
12(a) is a localized drop in amplitude for frequencies just
below the trailing frequencies at the end of the specular beam
arrival. The cause of this feature is unknown at this time, but
it clearly has a time-dependent nature and is related to the
diffraction occurring on the surface.

Concerning the complementary scans performed in the
regions of the backward propagating surface wave, shown in
Figs. 7(b), 9(b), and 11(b), a lateral wave is indeed observed
at the surface of the sample and in all cases, and the wave
has propagated off the edge of the sample into the field of the
receiving transducer. This evidence, along with the fact that
the experimentally observed frequencies of this surface wave
are consistent with the other experimental evidence of back-
ward shifted frequencies and the theoretical Scholte—
Stoneley frequencies (fsg,) for each angle of incidence, sup-
ports the claim that a backward propagating Scholte—
Stoneley wave accompanies and is responsible for backward
displaced frequencies. In addition to the backward propagat-
ing Scholte—Stoneley wave, higher order propagating bulk
modes are observed for each angle of incidence, and their
locations are well-described by theory, as shown by each
dotted line.

In summary, it can be seen from the Figs. 5—-12 and from
Table I that in general, for all the angles of incidence studied
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FIG. 10. (a) Classical spectrogram for a 6; of 26.5° obtained from the time
waveform captured at a receiver angle of 25.75°. (b) Close-up of the clas-
sical spectrogram in (a) to show the trailing frequencies arriving after the
initial pulse.

here, experimental evidence has been observed that supports
the existence of the backward beam displacement for mul-
tiple angles of incidence and frequencies and provides more
insight as to the cause of that displacement. The frequencies
of maximum amplitude found in the bright zones of the an-
gular spectrograms, which, for three of the four angles stud-
ied, were observed to the left of the specular beam, are in
reasonable agreement with the theoretically predicted back-
ward Scholte—Stoneley frequencies, fgg.. Also, the frequency
ranges of all the null zones observed in the angular spectro-
grams contain the frequency of maximum amplitude ob-
served in the bright zone and usually the appropriate fsg, for
each angle of incidence. The frequencies of maximum am-
plitude observed in the trailing frequencies in the classical
spectrograms were toward the high end of the frequency
ranges for the null zones and slightly higher than the theo-
retically predicted fgg,. However, the classical spectrograms
showed a wide range of potentially backward shifted fre-
quencies which supports the existence of bright and null
zones for a range of frequencies as was observed. Finally, all
the frequencies of maximum amplitude of the observed
backward propagating surface waves were consistent with
the other experimental results and were close to the theoreti-
cally predicted fgg.. We would like to make the comment that
the ability of the theory to predict the experimental results
could be improved with more research into the nature of the
evolution of the Scholte—Stoneley wave velocity with fre-
quency (dispersion) and the corrugation periodicity and
form.
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FIG. 11. (a) Angular spectrogram for a 6; of 30.5° showing backward
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These results lead us to conclude that the backward
beam displacement can be observed for multiple angles of
incidence and multiple frequencies, that the cause of the dis-
placement is a backward propagating Scholte—Stoneley
wave, and that the classical grating equation is a useful tool
for predicting frequency and angle pairs that would result in
the backward displacement.

V. CONCLUSIONS

New experiments concerning the ultrasonic backward
beam displacement are reported in this work. Through the
use of a pulse instead of a time-harmonic beam, it is possible
to examine many frequencies at once. The two objectives of
this work are to quantitatively show that the backward beam
displacement exists at additional frequencies and angles of
incidence other than the single frequency and angle of inci-
dence pair (6 MHz, 22.5°) studied in the past and to show
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FIG. 12. (a) Classical spectrogram for a 6; of 30.5° obtained from the time
waveform captured at a receiver angle of 31.5°. (b) Close-up of the classical
spectrogram in (a) to show the trailing frequencies arriving after the initial
pulse.

that the backward displacement is accompanied by a back-
ward propagating Scholte—Stoneley wave. The experimental
method employed in this work is first used to verify the
original observations of Breazeale and Torbett and experi-
mental results are then reported on additional angles of inci-
dence where backward displaced frequencies and accompa-
nying backward Scholte—Stoneley waves have been detected.
The theory of Tamir and Bertoni® and the ability of the clas-
sical grating equation to predict the backward beam displace-
ment as well as the propagation directions of bulk modes at
multiple frequency and angle pairs are verified. It is possible,
and highly likely, that the backward beam displacement is a
continuous phenomenon that will occur for any frequency or
angle of incidence on a periodically grooved solid, as long as
the classical grating equation applies and is satisfied. These
results have implications in the further study of periodic
structures, for example, in the study of diffraction effects in
phononic crystals.

TABLE I. Summary of results. Comparison of experimental observations and theoretical fgg;.

Frequency of max
amplitude in angular

Frequency range
of null zone in

Trailing frequency
of max amplitude in

Frequency of
max amplitude of

Angle 6; spectrogram angular spectrogram classical spectrogram backward surface wave Theoretical fgg,
Figures (deg) (MHz) (MHz) (MHz) (MHz) (MHz)
5 and 6 22.5 5.98 5.95-6.16 6.17 6.05 5.99
7 and 8 20 6.20 6.18-6.38 6.34 6.19 6.17
9 and 10 26.5 5.70 5.62-5.85 5.82 5.84 5.73
11 and 12 30.5 5.46 5.46-5.55 5.59 5.52 5.49
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The elastic response of the layered perovskite system Ca,_,Sr,RuQ, (0.2=<x=2) has been studied
as a function of temperature and doping concentration x using resonant ultrasound spectroscopy. The
elastic constants ¢;; and ¢4, have been obtained for three polycrystalline samples (x=1.0, 0.5, and
0.3) and show a softening trend with increasing Ca-content. In addition, the temperature-dependence
of the elastic response of five single-crystals (x=2.0, 1.9, 0.5, 0.3, and 0.2) has been measured. For
2.0=x=0.5, a dramatic softening over a wide temperature range is observed upon cooling, which
is attributed to the rotational instability of RuOg4 octahedra (for x=2.0 and 1.9) and the static rotation
of the octahedra (for x=0.5). For the Ca-rich samples (x=0.3 and 0.2), the softening occurs in a very
narrow temperature range, corresponding to the structural phase transition from high-temperature
tetragonal to low-temperature orthorhombic symmetry.

© 2009 Acoustical Society of America. [DOI: 10.1121/1.3257583]

PACS number(s): 43.35.Cg [RR]

I. INTRODUCTION

Sr,Ru0O,, the n=1 member of the Ruddlesden—Popper
series Sr,,;Ru,03,,, is the only copper-free superconductor
that shares the layered perovskite structure with the high-7'
superconductor La,_ Ba,CuQ,. The discovery of exotic su-
perconductivity in this compound by Maeno et al." in 1994
has generated extensive research on all aspects of Sr,RuO,
(Refs. 2-7) and its doped varieties. The Ca,_,Sr,RuQ, series,
obtained by the isovalent substitution of Ca for Sr, has un-
doubtedly received the most attention. It is a Mott transition
system, connecting the Mott insulator Ca,RuO, with the
spin-triplet superconductor Sr,RuQO, and exhibits a variety of
physical properties for different x values. In 2000, the first
experimental phase diagram of Ca,_,Sr,RuO, was reported
by Nakatsuji et al® and is schematically illustrated in Fig. 1.
The phase diagram is known for its rich behavior, including
an antiferromagnetic transition, a metal-insulator transition, a
structural transition, and a ferromagnetic instability near x
~0.5. Unlike high-T, cuprates, chemical doping of Sr,RuO,
eliminates superconductivity, as it is extremely sensitive to
impurities.3 Later, the magnetic phase diagram of
Ca,_,Sr,RuQ, (Ref. 9) was deduced from first-principles cal-
culations and qualitatively explained the experimental phase
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YPpresent address: Louisiana State University, Baton Rouge, Louisiana
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diagram. Therefore, this is a prototype system for studying
interplay between structural, electronic, and magnetic prop-
erties.

In an attempt to obtain a better understanding of the
lattice dynamics of Ca,_,Sr,RuO,, we have initiated a study
of the elastic response of several members of the series. The
elastic response is amongst a material’s most important
physical properties, with the elastic moduli directly related to
the inter-atomic bonding and to quantities such as the veloc-
ity of sound. Measurements of the temperature-dependence
of the elastic moduli can yield valuable information to fully
understand the thermodynamics of a material, especially in
the vicinity of phase transitions. So far, there are only a few
reportslo*14 on the elastic properties of Sr,RuO,, and there
are no reports on the elastic properties of other compositions
in the Ca,_Sr,RuO, series. The full elastic tensor of
Sr,RuO, single-crystal was measured at room temperature
by Paglione et al. "2 Transverse ultrasonic measurements
were performed on a single-crystal of Sr,RuO,4 by Okuda et
al.™ across the superconducting transition temperature
T.(~ 1.40 K), using the pulse-echo technique. Upon cooling,
a jump-like decrease in 7. was found in the transverse elastic
modulus cg, Which was attributed to the coupling between
the strain and the two-dimensional superconducting order pa-
rameter (OP) with broken time-reversal symmetry.

In this paper, we present results, for the first time, on the
elastic response of doped Ca,_,Sr,RuO, with 0.2=x=2 as a
function of temperature between 5 and 300 K. The elastic
constants ¢;; and c44 have been obtained at room temperature

© 2009 Acoustical Society of America 2949
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FIG. 1. (Color online) Phase diagram of Ca,_,Sr,RuOy,, based on data from
Ref. 8.

for three polycrystalline samples (x=1.0, 0.5, and 0.3) and
show a softening trend with increasing Ca-content. In addi-
tion, we have measured the temperature dependence of the
elastic response of five single-crystals (x=2.0, 1.9, 0.5, 0.3,
and 0.2), probing the high-temperature tetragonal to low-
temperature orthorhombic phase transition.

Il. EXPERIMENTAL DETAILS

Polycrystalline rods were prepared using a standard
solid-state reaction with CaCO; (99.9995% Alfa Aesar),
SrCO; (99.9995% Alfa Aesar), and RuO, (99.99% Alfa Ae-
sar) powders as starting materials. These powders are mixed
with the appropriate molar ratio, depending on the composi-
tion of the polycrystal to be made. After the mixture is well
ground in a vibratory micro mill for about 1 h, the mixture is
pressed into cylinder-shaped rods with a typical diameter of
5 mm and 120 mm length. The resulting polycrystalline rods
are subsequently sintered at 950 °C in air for 24 h.

Single-crystals of Ca,_,Sr,RuO, are grown via the float-
ing zone technique. A major advantage of this method is that
it is crucible-free, avoiding contamination from the crucible
material. A polycrystalline rod is used as the feed rod for the
single-crystal growth in an NEC SC-M15HD image furnace.
The seed rod can be a polycrystal or a single-crystal. During
the growth, both the feed rod and the seed rod rotate in the
opposite direction with the same rotation rate and the single
crystal is grown in a mixed oxygen/argon atmosphere.

The current study focuses on the elastic response of the
Ca,_.Sr,Ru0O, system, measured using resonant ultrasound
spectroscopy (RUS).">™'® RUS is a powerful method for de-
termining the elastic moduli of a solid, based on measure-
ments of the mechanical resonances of a sample. Whereas
these “free vibrations” can easily be calculated for a sample
with known elastic tensor and well-defined shape and dimen-
sions, the RUS experiment works “backwards,” and the sam-
ple’s resonances are measured under nearly free boundary
conditions. An iteration procedure is used to “match” the
measured lines with the calculated spectrum. For samples
with irregular shape or symmetry lower than orthorhombic,
the procedure for calculating the elastic moduli from the
resonances can be quite challenging, but RUS measurements
can give important information even when it is not possible
to obtain an absolute value for the elastic constants: any de-
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FIG. 2. (Color online) A typical resonance spectrum measured by RUS.

viation from “normal” thermodynamic behavior will be re-
flected in the temperature-dependence of the resonant fre-
quencies, and these can be measured regardless of sample
shape or symmetry. In a RUS measurement, two transducers
are used, one to excite the resonances and the other to detect
the response of the sample. The frequency is swept within a
typical range 200—-2000 KHz, and a large response will be
detected when the frequency corresponds to one of the sam-
ple’s eigenfrequencies. Figure 2 shows a typical resonance
spectrum measured using RUS and the inset shows a sche-
matic drawing of the sample and transducer set-up.

The RUS data reported here were carried out as a func-
tion of temperature (5-300 K) using a custom designed
probe that was inserted in a commercial Quantum Design
Physical Properties Measurement System (PPMS). For our
study, three Ca,_,Sr,RuO, polycrystals with x=1.0, 0.5, and
0.3 were cut and polished into rectangular parallelepipeds
(RPs) and their elastic constants were determined from mea-
surements of the resonant frequencies. In addition, the
temperature-dependence of the resonant frequencies were
measured on Ca,_,Sr,RuO, single-crystals with five different
compositions, i.e., x=2.0, 1.9, 0.5, 0.3, and 0.2. The shape
and small size of these samples prevented crystallographic
orientation, but valuable information can be obtained from
the temperature-dependence of the frequencies, as explained
below. RUS measurements were carried out upon both cool-
ing and warming, and no difference was observed. The re-
sults presented here are based on the cooling data.

lll. RESULTS AND DISCUSSION
A. Ca,_,Sr,Ru0Q, polycrystals

Polycrystalline materials are elastically isotropic and
have two independent elastic moduli: the longitudinal modu-
lus ¢y and the shear modulus c4y. Table I lists the experi-
mental values for the elastic moduli obtained at room tem-
perature using RUS for Ca,_ Sr,RuO, polycrystals with x
=1.0, 0.5, and 0.3. Also listed in Table I are the calculated
polycrystalline moduli for the parent compound Sr,RuO,
(x=2), using the Voigt approximation.'” The latter allows
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TABLE I. Elastic constants of Ca,_.Sr,RuO, polycrystals at room tempera-
ture. The calculated values are corrected for porosity, as explained in the

text.

Cyy (10" Pa) Cyy (10" Pa)
Composition Exp. Corrected Exp. Corrected
Sr,RuO, 2.1883" 0.6679"
CaSrRuOy, 1.008 1.946 0.307 0.534
Ca, 551y sRuO, 0.459 0.905 0.176 0.350
Ca, ;Sry3RuO, 0.364 0.722 0.155 0.320

“Calculated by using single-crystal values in Ref. 12.

computation of the shear and bulk modulus of a polycrystal-
line solid based on the values of elastic moduli of the single-
crystal, under the assumption that the stress is uniform ev-
erywhere within the sample. The general expressions for the
Voigt approximation are as follows.

Bulk modulus,

B=5(Cy 1+ Co+ Cyy) + 5(cip+ ey +c13). (1)
Shear modulus:
G=%(Cll+022+C33)—%(6’12+C23+Cl3)

+ 5(cag+ €55+ Cop). (2)

The cy; and ¢4y values of Sr,RuO, polycrystal are calculated
from the data reported in Ref. 12, using the above Voigt
equations together with the polycrystalline relations c4y=G
and c¢;;=B+(4G/3).

Before comparing the elastic moduli found for the vari-
ous compositions, we need to point out that the density of the
polycrystals is only about 70% of the theoretical density. As
the elastic moduli of a solid depend on its density, a mean-
ingful comparison of the experimental values requires that
they are corrected to zero porosity. Following the model of
Ledbetter and Datta® for spherical inclusions in a matrix and
Chandra Sekhar ef al.’s*' treatment of a porous ceramic as a
composite material containing spherical voids, the moduli
for zero porosity Ca,_.Sr,RuO, polycrystals are estimated,
and included in Table I. Figure 3 illustrates how the values of
the elastic constants decrease with decreasing Sr-content.
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FIG. 3. (Color online) Elastic constants (corrected for porosity) versus com-
position x in Ca,_,Sr,RuO, polycrystals. The error for c,; is less than 1.5%
and less than 0.3% for cyy.
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Since Ca atoms are smaller than Sr atoms, the replacement of
Sr by Ca atoms in Sr,RuO, will cause both randomness in
SrO layers and lattice distortion in RuO, layers, and thus
induce a decrease in elastic constants.

B. Ca,_,Sr,RuO, single-crystals

The resonant frequencies of five Ca,_,Sr,RuO, single
crystals (x=2.0, 1.9, 0.5, 0.3, and 0.2) were measured be-
tween 5 and 300 K (the x=0.2 composition was measured up
to 350 K). The squared resonant frequencies are directly pro-
portional to the elastic moduli'®'” and any irregularity in the
elastic response is therefore reflected in the temperature-
dependence of the resonant frequencies.

The temperature dependence of representative squared
resonant frequencies for the five single-crystals is plotted in
Figs. 4 and 5. A significant softening is apparent in the be-
havior of all five crystals, but whereas this softening is rather
gradual and spans more than 100 K in the compounds with
x>0.5, it is more abrupt in the samples with high Ca-content
(x=0.5).

Starting with the parent compound, Sr,RuQ,, a gradual
softening of about 5% is observed upon cooling, reaching a
minimum around 40 K, as shown in Fig. 4(a). While it may
be tempting to attribute this softening to the superconductiv-
ity in this material, the two are most likely unrelated,
since a similar—albeit more significant—softening is ob-
served in the slightly Ca-doped (and non-superconducting)
Ca, Sr, gRuO, [Fig. 4(b)]. In contrast to La,CuO,, where
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tilting of the Cu—O octahedra leads to a tetragonal-to-
orthorhombic phase transition, neutron diffraction on single-
crystals of Sr,RuO, confirms that its K,NiF,-type structure
remains undistorted.”> Thus the observed softening of reso-
nant frequencies in Sr,RuQO, upon cooling cannot be attrib-
uted to a structural transition. Instead, we believe that the
softening is due to a rotational instability of RuOg¢ octahedra
around the c-axis. Even though neither tilting nor rotation of
RuOy is revealed in Sr,RuO,, large atomic displacement
parameters22 (ADPs) indicate that Sr,RuQ, is close to a ro-
tational instability. Such instability has indeed been observed
in the phonon dispersion relation of Sr,RuQ,, using inelastic
neutron scattering.23 The rotation of the RuOg4 octahedra cor-
responds to a 25 mode, whose second optical branch along
[110] direction is found to soften continuously in the Bril-
louin zone.” This softening interacts with the first optical
branch and the acoustic branch of X5, leading to a sharp drop
in the acoustic branch near the zone boundary. This steep
drop in the dispersion relation of the %5 mode is an indica-
tion of a rotational instability, which we believe to be the
cause of the observed softening of the resonant frequencies
in Sr,RuO, and Ca, ;Sr; yRuO, upon cooling. With increas-
ing Ca-concentrations, the instability develops into a static
rotation of RuOg that distorts the I4/mmm symmetry and
results in I4;/acd symmetry when the Sr-content decreases
below x=1.5.*

Plotted in Fig. 5(a) is the temperature-dependence of a
representative squared resonant frequency for Ca; 5Sry sRuO,
(x=0.5). The softening in this sample is more pronounced,
and happens in a narrower temperature region than the soft-
ening observed in Sr,RuO, and Cag Sr; jRuO,. This indi-
cates that a different mechanism is most likely responsible
for the sudden drop in resonant frequency, observed below
150 K in Ca; 5Srg5RuOy,. Ca, 5SrgsRuO, is known to be at
the verge of a structural phase transition, from the tetragonal
I4,/acd symmetry to orthorhombic Pbca symmetry. As the
Ca-content increases, a tilt of RuOg octahedra develops in
addition to the already present rotation. This tilt around an
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FIG. 6. (Color online) The RuOg4 octahedron in different tilt and rotational
distorted configurations: (a) no distortion, (b) rotation around c-axis, and (c)
combined tilt and rotational distortion.

axis parallel to the ab plane deepens the lattice distortion and
leads to the structural phase transition in the Ca-rich com-
pounds (x<<0.5). Figure 6 illustrates the RuOg octahedron in
different tilt and rotational configurations.

For x=0.5, the transition is believed to have quantum-
critical character.® A quantum-critical phase transition takes
place at the absolute zero of temperature, where crossing the
phase boundary means that the quantum ground state of the
system changes in some fundamental Way.25 As shown in the
phase diagram (Fig. 1), the temperature of the transition in-
creases rapidly with increasing Ca-content. Figures 5(a)-5(c)
illustrate how the gradual softening below 100 K, indicating
the proximity of a phase-transition in Ca; 5Sr,sRuOy, devel-
ops into a sharp decrease in a very narrow temperature range
in Ca;;Sro3Ru0Q, (x=0.3) and Ca, 3Sry,RuO, (x=0.2). The
minimum in the resonant frequencies corresponds to a tran-
sition temperature 7, of 50 K for Ca; 5SrysRuQO,, 210 K for
Ca,; ;Srg3Ru0y, and 260 K for Ca, gSry,RuO,, respectively.
Note that 7.>0 K for Ca;5SrysRuQOy,, indicating that the
actual Ca content in our sample is slightly greater than 1.5.
Nevertheless, these transition temperatures agree well with
the phase diagram of Ca,_.Sr,RuO, and illustrate how RUS
measurements probe structural phase transitions. In addition
to the softening, a significant broadening of the resonance
peaks is observed in the vicinity of the transition, indicating
considerable ultrasonic attenuation.

The sharp softening of resonant frequencies across the
structural transition is due to the coupling between the elastic
strain and the order parameter, i.e., the tilt angle of the RuOg¢
octahedra. The Landau theory of structural phase transitions
predicts a step-like decrease in the elastic moduli when ap-
proaching 7, from high temperatures, as observed in
Ca, 751y 3Ru0O, and Ca, ¢Sr(,RuO,, when the coupling is lin-
ear in strain and quadratic in order parameter.26 The devia-
tion from true step-like behavior can be attributed to the
thermal fluctuations or some imperfections in the crystals. A
similar behavior of the resonant frequencies was also re-
vealed across the tetragonal-to-orthorhombic transition in the
cuprates La,_,Sr,CuO, (Ref. 27) and in the pyrochlore
Cd,Re,0,.%

Whereas the above results clearly illustrate the ability of
RUS to qualitatively probe instabilities and phase transitions
in a crystal lattice, a full quantitative analysis requires mea-
surements on oriented single-crystals. Since the resonant fre-
quencies represent a mixture of the elastic moduli, i.e., a
given frequency typically depends on a combination of elas-
tic constants, it is not possible to evaluate the temperature-
dependence of individual moduli at this time. Efforts to grow
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larger single-crystals that can be oriented are currently under
way, and a quantitative study of the elastic response of these
crystals is planned for the future.

IV. CONCLUSIONS

In summary, we report the elastic constants c¢;; and
cyy for three Ca,_ Sr,RuO, polycrystals (x=1.0, 0.5, and
0.3). It is found that the replacement of Sr by smaller Ca
atoms causes a decrease in elastic constants. The temper-
ature-dependence of the resonant frequencies for five
Ca,_,Sr,RuQ, single-crystals (x=2.0, 1.9, 0.5, 0.3, and 0.2)
all show softening, due to rotation and/or tilts of the Ru-O
tetrahedral, and clearly illustrate the ability of RUS to quali-
tatively probe instabilities and phase transitions in a crystal
lattice. The gradual softening of resonant frequencies over a
large temperature span in single-crystals Sr,RuO, (x=2) and
Cag ;S gRuO, (x=1.9) is caused by a rotational instability
in the lattice. The sharp softening of resonant frequencies
over a very narrow temperature range for Ca, ;Sry;RuO, (x
=0.3) and Ca, Sry,Ru0, (x=0.2) corresponds to the tetrag-
onal to orthorhombic structural phase transition, which in-
volves both rotation and tilting of RuOg4 octahedra.
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Experiments were performed to measure the dynamical response of individual SonoVue®
microbubbles subjected to pulsed ultrasound. Three commonly used bubble dynamic models (i.e.,
Hoff’s, Sarkar’s, and linearized Marmottant’s models) were compared to determine the most
appropriate model for fitting to the experimental data. The models were evaluated against published
optical microscopy data. The comparison suggests that it is difficult to rank these models for
lipid-shelled microbubbles undergoing small-amplitude oscillations, because under these conditions
the shell parameters in these models are closely related. A linearized version of the Marmottant
model was used to estimate the shell parameters (i.e., shear modulus and shear viscosity) of
SonoVue® microbubbles from the experimental light scattering data, as a function of ambient
microbubble radius. The SonoVue® microbubble shell elasticity and dilatational viscosity increase
with ambient bubble radius, in agreement with previously published data. The results suggest that
light scattering, used in conjunction with one of several popular bubble dynamics models, is

effective at characterizing microbubble response and evaluating shell parameters.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3242346]

PACS number(s): 43.35.Ei, 43.80.Vj [CCC]

I. INTRODUCTION

The sensitivity and specificity of diagnostic ultrasound
(US) imaging can be improved by IV injection of gas mi-
crobubbles as contrast agents.1 These agents can enhance the
acoustic backscattering from blood and produce enhance-
ment of both Doppler flow signals and gray-scale B-mode
images, due to the large acoustic impedance difference be-
tween the gas and the surrounding blood/tissue. Most US
contrast agents (UCAs) are comprised of suspensions of
micron-sized bubbles (“microbubbles”), with a stabilizing
shell (e.g., albumin or lipid) and a relatively insoluble gas
(e.g., perfluorocarbons). The UCA studied in this paper is
SonoVue® (Bracco Diagnostics Inc., Geneva, Switzerland),
one of the more commonly used new generation UCAs.>?
SonoVue® microbubbles, coated with a very thin lipid mono-
layer membrane shell encapsulating the gas SFgq, have a
mean radius of around 1.5 wm and a concentration of
(2-5) X 10® bubbles/ml.

YAuthor to whom correspondence should be addressed. Electronic mail:
matula@apl.washington.edu
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The encapsulating shell, which is the additional material
present at the gas-liquid interface to stabilize UCA mi-
crobubbles against dissolution and coalescence,4 affects the
dynamical response of microbubbles. A better understanding
of the physical interaction of US with UCAs will provide
new insights and enable new approaches in both diagnostic
and therapeutic US applications; e.g., the nonlinear behavior
of oscillating microbubbles has led to the development of
contrast harmonic imaging, whereas observations of mi-
crobubble destruction have led to the development of high
mechanical index imaging techniques, and novel therapeutic
applications such as high intensity focused ultrasound
(HIFU) and targeted UCA drug/gene delivery.”® Understand-
ing shell properties is thus an important area of current in-
vestigations.

May et al.” measured the shell thickness of MRX552
microbubbles (ImaRx, Co., Tucson, AZ), a therapeutic US
agent with triacetin shell, based on SEM fracture measure-
ments. The precondition of their scanning electron micros-
copy (SEM) study is that MRX552 microbubble has a thick
measurable fluid shell (~500 nm) with known viscosity.
However, for most diagnostic UCAs with thin-shell materials

© 2009 Acoustical Society of America



(e.g., albumin or lipid), it is impossible to employ SEM
analysis. In fact, there is no method to directly measure UCA
shell properties. Thus, the shell properties of UCAs can only
be investigated by comparing experimental dynamical re-
sponses [e.g., R(f) curve or scattering cross-section] to simu-
lation results obtained from numerical models. This ap-
proach, measurements coupled to numerical simulations, is
the focus of this paper.

To date, about a half dozen numerical models have been
proposed to describe the dynamical response of shelled UCA
microbubbles, with parameters for shell characteristics such
as shell thickness, viscosity, stiffness, friction parameter, and
surface tension.*"® These numerical models are usually
based on approximations and scaling arguments from
Rayleigh—Plesset (RP)-like equations that describe the non-
linear spherical oscillations of bubbles exposed to an exter-
nal acoustic field.'*"* The early version of these models was
based on semi-empirical observations® by treating the shell
as surface layers of elastic solids and introducing elasticity
and shell friction parameters. The model was validated and
the shell parameters were estimated by fitting the acoustic
transmission measurements of the scattering and extinction
cross-section of Albunex® microbubbles with the numerical
model.’” Church'® regarded the shell as a continuous layer of
incompressible solid elastic material by accounting for shell
elasticity, in terms of a shear modulus and viscous dissipa-
tion of the shell. His theoretical derivations agreed with the
experimental work of de Jong and Hoff'® on the scattering
cross-section and attenuation of Albunex®. According to
Hoft’s report,1| Albunex® microbubbles have an albumin
shell with the thickness of ~15 nm. However, SonoVue®
microbubbles are encapsulated with a lipid monolayer mem-
brane (~4 nm, in Hoff’s report”), which is thinner than the
albumin shell. In order to study the dynamical motion of
lipid-shelled UCA microbubbles, thin-shell assumptions
have been incorporated by Hoff"' and Chatterjee and
Sarkar,'2 and Morgan, et al.'” All the above models regard
the microbubble shell as infinitesimal or constant in thick-
ness with a fixed surface tension coefficient. However, an
oscillating UCA microbubble may express variations in sur-
face tension during its oscillation. Marmottant et al.”? pro-
posed an improved model that described the shell elasticity
with a radius-dependent surface tension over a certain range
of microbubble radii (elastic range), below which the mi-
crobubble would buckle and above which the microbubble
shell would break. They claimed that this model should be
more precise and suitable for UCA microbubbles with thin
lipid monolayers or elastic solid shells. However, the ques-
tion remains whether or not the various models can be
ranked in order of accuracy. Such a ranking is attempted in
this paper in order to determine which model is most appro-
priate for fitting to the data.

Since the shell parameters cannot be measured directly,
some indirect experimental approaches, including backscat-
ter detection'® " and high-speed photogrzlphy,21_23 have been
applied to characterize UCA shell properties and quantify the
responses of UCA microbubbles. However, backscattering
signals are often machine or concentration dependent;24 and
high-speed cameras are expensive and the amount of data
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collection is small. Furthermore, even though high-speed
cameras offer a “direct” measurement of bubble size via vi-
sual inspection of the images, identifying the indistinct
bubble edge generates inaccuracies in the measurement. In
the present work, light scattering was used to measure the
instantaneous dynamical response of individual SonoVue®
microbubbles exposed to pulsed US from an M-mode diag-
nostic US system. Compared to other modalities, light scat-
tering offers some advantages such as collecting real-time
data over nearly unlimited successive acoustic pulses to an
individual microbubble (to study, e.g., microbubble evolu-
tion), and to a nearly unlimited number of microbubbles
(e.g., to characterize a large sample of microbubbles), and
low-cost implementation. It can also be incorporated easily
into an experimental setup. For example, it should be pos-
sible to analyze thousands of microbubbles in a few minutes
(or even seconds), whereas a high-speed camera can take
days to image and analyze just a few microbubbles.

Two major studies were preformed here: (1) A compara-
tive study was performed to evaluate three typical shelled
microbubble dynamics models by fitting the models to two
types of experimental data: In one case, the experimental
data were performed on BR14 microbubbles using high-
speed microscopy, and come from previously published
work;23 the other case is a SonoVue® microbubble, whose
dynamical response [i.e., R(f) curve] was measured with
light scattering. (2) The shell parameters of SonoVue® mi-
crobubbles were quantified as a function of initial ambient
radius using a best-fit approach to the measured light-
scattered data. The results suggest that (1) the models gener-
ate similar results, and, thus, when comparing a single data
set, cannot be ranked; (2) under assumptions of thin shell and
linear oscillations, the shell parameters in each of the differ-
ent models are related to each other; (3) the shell parameters
increase with bubble size, in agreement with previously pub-
lished data; and (4) light scattering is a very useful technique
for characterizing UCA microbubbles.

Il. SHELLED UCA MODELS

Modeling the response of UCAs to pulsed US is non-
trivial due to the addition of a coated shell. In the present
work, three models (i.e., the Hoff, Sarkar, and Marmottant
models) were compared to determine if a “best” model can
be selected for microbubbles encapsulated with lipid mono-
layer membranes. While not inclusive, the models are repre-
sentative. All these models are modified from a RP-like
equation, which describes the response of a spherical free gas
bubble to a time-varying acoustic pressure field in an incom-
pressible liquid. A general RP-like (unshelled) equation goes
like

. 3 . RQ 3y 20' .
pRR + EpLRz =P, s P,—-P,— - Swp RR

— P, cos(wt), (1)

where R, is the ambient bubble radius, p; is the density of a
Newtonian liquid, Py is the ambient pressure, P, is the vapor
pressure, o is the surface tension, 7y is the polytropic expo-
nent of the gas, & is the damping coefficient, P, is the am-
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plitude of the incident acoustic pressure, w is the angular
frequency of driving signal, and P, is the gas pressure inside
the bubble (P,=Py—P,+20/Ry).

The assumptions for this equation are as follows: (1)
The motion of the bubble is symmetric; (2) the wavelength
of US is much larger than the bubble radius; (3) no rectified
diffusion occurs; and (4) the bubble contains gas or vapor,
which is compressed and behaves like an ideal gas with a
constant polytropic exponent.

A. Hoff model

A classical three-region RP-like equation [Eq. (2)] de-
scribing the dynamics of shelled gas microbubbles was de-
rived by Church.'® In this model a continuous layer of in-
compressible, solid elastic shell with damping separates the
gas microbubble from the bulk Newtonian liquid. The elastic
surface layer stabilizes the microbubble against dissolution
by supporting a strain that counters the Laplace pressure.
Viscous damping is considered in this model.

. — R
psR1R1|:1 + (u);}
Ps RZ

)3 —p,\| 4R3-R} |R
+pSRf _+(PL P) 2 . L&
2\ p 2R, |R

Ry \*” 200 20
=PG,eq<ﬂ> _Poo(t)__l__z
R, Ry R,
R,| Vin,+ R} V.G R
_ _l S’r’. . 17]L _4 .gs(l__el>, (2)
R, R; R; R,

where R, and R, are the inner and outer radii of the elastic
shell, Ry, are Ry, are corresponding ambient radii, p, is the
shell density, o is the surface tension of the gas-shell inter-
face, o, is the surface tension of the shell-liquid interface,
Pgoq=Py for the surface layer permeable to gas, 7, and 7,
are shell and liquid shear viscosities, respectively, and G, is
the shell shear modulus

P.(t)=Py— P, sin wt,

33
Vi=Ry, — Ry

and
(@ @)R_Sz
R R V
R31=R01 1+% . (3)

Hoff"! simplified Church’s equation for the case of a
bubble whose shell thickness is thin, d(f) <R,,

. 2
P Rjé+§p R*=P (&)37—477 5— 127 dSROI—e
L SPL 0 R Ly SR R
dR}( R
- 126G, R3°<1 - E()) — Py — Paine(D).

(4)

Throughout this paper, Eq. (4) is referred to as the “Hoff”
model. For microbubbles coated with a lipid monolayer
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shell, we will set d,=4 nm according to Hoff’s report.11

B. Sarkar model

Chatterjee and Sarkar'? developed a new model for en-
capsulated contrast agent microbubbles

(RR'+§R2>—<P +2ﬂ><&)3y an R 22
PL 2 ={lo Ro/\ R 77LR R

Sk
R

- PO - Pdrive(t)- (5)

They assumed the encapsulation of a contrast agent to be
an interface of infinitesimal thickness with complex interface
rheological properties, where the interfacial tension (o;) and
dilatational viscosity (k,) are unknown interface and shell
parameters. The other symbols used are the same as above.
For simplicity, we refer to Eq. (5) as the “Sarkar” model.

C. Marmottant model

Most shelled UCA models assume constant surface ten-
sion coefficients and small deformations of the microbubble
surface. However, for phospholipid monolayer coatings, the
surface area available per phospholipid molecule apparently
varies as the microbubble oscillates. Thus, Marmottant et
al.” derived an improved model specifically for mi-
crobubbles with lipid monolayer coatings. The model consid-
ers the microbubble shell as a two-dimensional viscoelastic
medium and suggests that the shell elasticity can be modeled
with a radius-dependent surface tension that takes into ac-
count shell buckling and rupture. For our purposes, we use
the linearized version (no rupture or buckling), from Van der
Meer et al.” There are two parameters to model the shell
properties: the shell elastic compression modulus y and a
shell dilatational viscosity k.

L3 a,\[ R\ 3y. o,
ol RE+ 2R = Py+ 222 |[22) (1= 2R ) 22w
2 Ro/\ R ¢ R

4<L l) 4 13 4K5_‘R P
XRO R 7'/LR R2 0

- Pdrive(t)- (6)

Again, for simplicity, Eq. (6) is referred to throughout
this paper as the linearized “Marmottant” model. The model
has been applied very successfully to SonoVue® and BR14,
from Bracco Diagnostics.

lll. COMPARISON OF THREE SHELLED BUBBLE
DYNAMIC MODELS

In Sec. V, it will be necessary to use a specific bubble
dynamics model to fit the measured dynamical response of
SonoVue® microbubbles from our light scattering system.
We do not know a priori which model is most appropriate.
The three models described above (i.e., the Hoff, Sarkar, and
Marmottant models) provide a means for comparison. It will
be useful to first compare these models by fitting some ex-
perimental data obtained from literature published by Van
der Meer ef al.”® As described in their paper, high-speed
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FIG. 1. (a) A Gaussian-tapered, 8-cycle, 2.5-MHz, 40-kPa forcing function
is used to generate simulated acoustic microbubble responses. (b) The best-
fit simulated responses for the three models are compared to each other and
to the data (Ry=1.7 wm) available in Ref. 23. Specific values for the best fit
shell parameters are given in Table I. Only slight differences between the
models can be observed.

optical imaging was used to record the R(z) curves for indi-
vidual lipid-shelled UCA microbubbles (BR14, Bracco Diag-
nostics) up to 25X 10° frames/s. Optical imaging allows di-
rect measurement of the bubble radius, which can be an
advantage over other indirect experimental methods such as
acoustic backscattering and light scattering, for which a sec-
ondary means of calibrating the size is required. However,
even optical imaging suffers from inaccuracies in identifying
a bubble’s indistinct edge. Still, it is the gold standard for
measuring sizes and, thus, provides a good framework for
our purposes of comparing bubble dynamics models.

For the comparison, we chose a specific R(¢) curve from
Fig. 4 in Van der Meer et al.’s papelr,23 with an ambient

radius of 1.7 um. To simulate a forcing function, we assume
(as they did) an 8-cycle acoustic pulse [Fig. 1(a)], tapered
with a Gaussian envelope. The amplitude of the driving sig-
nal was 40 kPa with the frequency of 2.5 MHz, again as was
done in Ref. 23. Since R, was measured to be 1.7 um, the
two-parameter fitting sets used here were (x,k,), (07, k),
and (7,,G,) for the linearized Marmottant, Sarkar, and Hoff
models, respectively. Minimum standard deviation (STD)
evaluation is applied to determine the best fitting parameters.
The STD value is defined as

[en
\/Ei:,d (Rexp,i - Rcal,z’)2
start
STD = , (7)
N

where ., and 7., are the starting and ending points of the
fitting region, Ry, ; and R, ; are the ith measured and simu-
lated microbubble radius along the time span, respectively,
and N is the total number of the fitting points. The following
are some physical constants used for the simulation: P,
=1.013x 10> Pa, P,=233 kPa, p,=1.161 kg/m’, o,
=0.072 N/m, y=1.07, p,=10% kg/m?, p,=1100 kg/m?, c
=1500 m/s, and 7, =2% 1073 Pas (effective liquid viscos-
ity accounts for thermal dampingm). The best fit results are
shown in Fig. 1(b) for all three models. Table I lists the best
fit shell parameters and the minimum STD values given by
these three models.

The results shown in Fig. 1(b) suggest that all three
models perform equally well in describing the experimental
data in the central region, and all models show deviations
from the experimental data at the beginning and end stages.
The minimum STD values are similar for all three sets of
shell parameters. The relative equality between the models
suggests that any of these models can be used to fit our light
scattering data.

IV. MEASUREMENTS OF SONOVUE® MICROBUBBLE
DYNAMICS USING LIGHT SCATTERING

Having determined that any of these three models can be
used successfully to characterize a thin lipid-shelled mi-
crobubble from direct optical imaging data, we attempted to
determine if an identical fitting analysis can be applied to
light scattering data, an indirect measure of a bubble’s oscil-
lation that must be converted to an R(r) curve using Mie
scattering theory. A modification of Mie scattering theory,
applicable to a coated sphere, was first developed by Aden
and Kerker,” and later applied to coated bubbles by Marston
et al*** Our implementation of the model for coated
SonoVue® microbubbles is based on the equations in the
book by Bohren and Huffman.*®

TABLE I. Best fit shell parameters and minimum STD for the data from Ref. 23.

UCA model Shell elasticity Shell viscosity Minimum STD
Marmottant Shell elasticity y=0.25 N/m Dilatational viscosity x,=4X 10" kg/s 0.054
Sarkar Interfacial tension 0,=0.32 N/m  Dilatational viscosity x,=4X 107 kg/s 0.054
Hoff Shear modulus G,=23 MPa Shear viscosity 7,=0.5 Pas 0.059

J. Acoust. Soc. Am., Vol. 126, No. 6, December 2009

Tu et al.: Light scattering from SonoVue microbubbles 2957



Needle hydrophone

Syringe UCA injector

Pump | PMT1
_________ (mmmm—————— c—_i g l"' p————————

CCD i Micro- ! i1¢ LED |
Camera [} scope | NV
I r ! Phase- !

{ adjuster |
‘ i | Uttrasound TR
Monitor i | Instrument Gpu[se_ i
i enerator|
| e Y.
R - L[ Oscillo-
] Function Generator » Oscillo
Computer1 ITrg, ot

FIG. 2. Diagram of the light scattering system that was used to measure
SonoVue® microbubble responses to pulsed US from a diagnostic US sys-
tem. Dark solid lines refer to laser probe, whereas dashed lines refer to light
scattering calibration components.

A. Experimental setup

Figure 2 illustrates the experimental setup. Details of the
design and methods have been described elsewhere.” In
brief, highly diluted SonoVue® suspensions were injected
into the region of interest (ROI) (a small volume within a
water tank where the US and laser beams intersect with
SonoVue® microbubbles) using a syringe pump (74900 se-
ries, Cole-Parmer Instrument Co., Vernon Hills, IL) at a rate
of 10 ml/h with a 0.5 mm inner-diameter tube. Acoustic in-
terrogation pulses were sent from a probe of a diagnostic US
instrument (Ultramark 4 Plus, ATL-Philips, Andover, MA)
operated in M-mode at 1-kHz pulse-repetition-frequency and
monitored using a calibrated needle hydrophone (NTR Sys-
tems Inc., Seattle, WA). Although the Ultramark 4 Plus is an
older instrument, its output does more closely resemble a
clinical pulse than does a research transducer.

A HeNe laser (Melles Griot, Carlsbad, CA) was used as
the light scattering probe. The waist of laser beam was fo-
cused to less than 100 um at the ROI. The scattered light
signals from the microbubbles in the ROI were collected and
focused onto a photo-multiplier tube (PMT) detector
(Hamamatsu, model 2027). The output signals from the PMT
and the hydrophone were recorded using a high-speed digital
oscilloscope (LeCroy, Chestnut Ridge, NY) in sequence
mode, and then transferred to a computer and post-processed
using MATLAB (Mathworks Inc., Natick, MA).

Although optical imaging has the advantage of direct
measurements of microbubble radius, an ultrahigh-speed
camera is very expensive and not commonly found in labo-
ratories. Previously Guan and Matula®® showed that UCA
dynamics could be measured with light scattering, and that
these signals could be interpreted as volume mode oscilla-
tions of shelled microbubbles using bubble dynamics equa-
tions such as those described above. The question remains,
and we will try to answer, whether or not one can use these
models to accurately (or consistently) interpret the light-
scattered signal to estimate shell parameters.

B. Shell properties estimation of a sample
microbubble

Individual SonoVue® microbubbles were exposed to di-
agnostic US pulses with pressure amplitude 150 kPa and
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FIG. 3. (a) A 150 kPa, 2.5-MHz M-mode pulse from an Ultramark 4 Plus
diagnostic US system is used to excite SonoVue® oscillations. (b) The best-
fit simulated responses for the three models are compared to each other and
to the light scattering data (Ry=1.78 wm). Specific values for the best fit
shell parameters are given in Table II.

frequency 2.5 MHz [Fig. 3(a)]. The microbubble response
[i.e., R(r) curve] was measured with light scattering. Backlit
optical imaging was used to calibrate the light scattering
amplitude,29 and for these data, Ry=~1.78 wm. A relatively
low signal/noise may affect the overall calibration constant,
which will be discussed further in Sec. VI. As before, the
parameter sets used to fit the data were (y, k,), (0}, ,), and
(G,,n,) for the linearized Marmottant, Sarkar, and Hoff
models, respectively. The best fit R(¢) curves for these mod-
els are shown in Fig. 3(b). Again, we assume a constant shell
thickness of 4 nm, according to the report by Hoff."" The
corresponding best-fit shell parameters and minimum STD
values are listed in Table II.

Figure 3(b) and the minimum STD values listed in Table
II show that SonoVue® microbubble R(7) curves can be fitted
reasonably well by each of the three models. Overall, the
best fit shell parameters from the light scattering data are
quite close to those values obtained for BR14 microbubbles
reported in Van der Meer et al.’s work.”

Comparing Fig. 1(b) with Fig. 3(b), and the minimum
STDs in Tables I and II, it is clear that better fits were ob-
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TABLE 1II. Best fit shell parameters and minimum STDs for SonoVue® microbubbles (calibrated R,

=1.78 um) measured with light scattering.

UCA model Shell elasticity Shell viscosity Minimum STD

Marmottant Shell elasticity y=0.3 N/m Dilatational viscosity «,=3.2X 107 kg/s 0.132

Sarkar Interfacial tension 0;=0.4 N/m  Dilatational viscosity x,=4X 10~ kg/s 0.134

Hoff Shear modulus G;=20 MPa Shear viscosity 7,=0.6 Pas 0.136
tained with Van der Meer’s data. One possible reason for this P (2) R
disparity may lie in the microbubble oscillation amplitude. In - 4KSE =- 127;Sd51§1?, (8)
Van der Meer’s experiment, the maximum driving amplitude
is 40 kPa. The present experiment used a relatively higher 3y )
driving amplitude (150 kPa), and nonlinear effects might ne- &(&) _ 20; —_12G .d,&( 1— &) (9)
gate some of the assumptions (such as constant shell thick- Ry \ R R TR R/

ness).

V. SONOVUE® SHELL PARAMETERS VERSUS
AMBIENT MICROBUBBLE SIZE

Having shown that light scattering can be used with any
of the three models to estimate the shell parameters for a
microbubble, we now describe light scattering experiments
performed on a series of SonoVue® microbubbles, whose
ambient radii were determined based on the calibration con-
stant for the received relative scattered light intensity.29 In
this experiment, the bubbles were injected into the ROI via a
syringe pump, while continuously taking data. Although we
could have chosen to use any of the three models for our
fitting algorithms, we used the linearized version of Marmot-
tant’s model for consistency and for later comparison (Sec.
VI describes the relationship between the shell parameters
for the various models so that one can convert between the
various parameter sets). As before, the Ultramark 4Plus was
used to excite microbubble oscillations at 150 kPa and 2.5
MHz. A total of 50 Sonovue® microbubbles were examined,
although in principal, because the acquisition speed is rapid,
the sample number can be increased significantly. The re-
sults, shown in Fig. 4, illustrate that both the shell elastic
compression modulus y and shell dilatational viscosity &,
increase with increasing bubble ambient radius (R).

In Fig. 4(b), we add the data from Van der Meer et al®
to our own data. The comparison is quite good. The two
independent methods for measuring UCA characteristics
suggest that the variability in dilatational viscosity is real.
These results agree with previous experimental observations
on other lipid-shelled microbubbles.'”**** Van der Meer et
al® suggested that the physical significance of the viscosity
variation involves rheological thinning processes.

VI. DISCUSSION
A. Shell parameters

In our comparative study, a different set of shell param-
eters exists for each model, (x, «,), (g7, k,), and (7, G,), for
the linearized Marmottant, Sarkar, and Hoff models, respec-
tively. However, it is natural to ask whether or not these
parameters are related. Comparing the shell parameter terms
in Sarkar’s model [Eq. (5)] with those in Hoff’s model [Eq.
(4)], we have
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In order to make progress we note that under small-
amplitude oscillation, the shell volume can be assumed con-
stant, in which case Vs%47rR2ds=47TR%dS0, where d is the
initial shell thickness. Using this in Eq. (8) gives

1.0

08}
s }g

0.6}

04}

0.2

Shell Elasticity 5 (N/m)

o.o n§ g A '} A '} " [ r 'l "
0.5 1.0 1.5 2.0 25 3.0 3.5

—~
Q
~
A
o
P
=
3
~

1E-7

1E8E......

1E-9 E

o Fit for light scattering data .
o Van der Meer's result (Fig.8b in Ref. 23)

Dilatational Viscosity ks (kg/s)

T I I A N A IS I IO A
05 1.0 1.5 2.0 2.5 3.0 3.5 4.0 45 5.0 5.5

(b) Ry (um)

FIG. 4. SonoVue® shell parameters estimated from fitting the experimental
light scattering data with the linearized Marmottant model. (a) The relation-
ship between shell elasticity and R,. (b) The relationship between shell
dilatational viscosity and R,. Standard deviation error bars are used when
multiple bubbles are “fitted” to the same radius.
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TABLE III. Best fit shell parameters and minimum STDs for SonoVue® microbubbles (best-fitted R,

=1.72 um) measured with light scattering.

UCA model Shell elasticity Shell viscosity Minimum STD
Marmottant Shell elasticity y=0.22 N/m  Dilatational viscosity x,=2.5X 107 kg/s 0.131
Sarkar Interfacial tension 0;=0.3 N/m Dilatational viscosity x,=3.5X 107 kg/s 0.132
Hoff Shear modulus G,=19 MPa Shear viscosity 7,=0.4 Pas 0.135
Kk, ~3nd (AR <1;d;=dy=4 nm). (10) the various models might show differences. Indeed, Doini-

The fits in Table I show good agreement with this analysis.
Now, looking at Eq. (9), and allowing y=1.07~1 in the
left hand side, we have

20:( Ry \3" 20 1 R
ﬂ<_0> _ﬂz_zgl(—_—g). (11)
Ry \ R R R K

The right hand side of Eq. (9) is analyzed as follows: The
variable y is used in Marmottant’s model to describe the
shell elasticity. This elastic compression modulus is related
to the shear modulus under thin-shell elasticity theory by31

x=3Gd,. (12)
Substituting this into the right hand side of Eq. (9) gives
505+l
-12Gd, =1 -—|=—4x\| = ——= |- 13
ss o3 R X B R (13)
Substituting Egs. (11) and (12) into Eq. (9) gives
1 Ré) (Rg 1 R, Ré)
20| ——-=|=-4dx| =—=-——= |, 14
U’(R R X\RR™ R (14

which, upon using the small-amplitude assumption, suggests
that o; should be of the same magnitude as y. Table I sug-
gests a good agreement between the values of G, in Hoff’s
model and y in Marmottant’s model (assuming a shell thick-
ness of 4 nm) when using thin plate elasticity theory. The
best-fit value of y is also on the same order of magnitude as
previously reported for SonoVue® microbubbles.*

The best fit shell dilatational viscosities (k) for both
Van de Meer’s and Sarkar’s model are 4 nm Pas (viz., 4
X 107 kg/s), which also agrees with the results of Van de
Meer et al.” Finally, we note that when applying Eq. (10),
there is a reasonable agreement between the best-fit 7, in
Hoff’s model (0.5 Pas) to the «, values found in Marmot-
tant’s and Sarkar’s models (4 X 10~ kg/s).

The above analysis suggests that although different shell
parameters are applied in each model, they appear to be re-
lated to each other under the assumption of small-amplitude
oscillation and constant (yet thin) shell thickness. The results
are consistent with optical imaging data (Table I), as well as
our light scattering data (Table II). We have not, however,
performed an analysis on the shell thickness parameter,
which is assumed constant at 4 nm. We hypothesize that
other types of bubbles would show a similar agreement be-
tween models. This analysis is restricted to small-amplitude
behavior, and thus “degeneracy” in the models might be ex-
pected. Nonlinearities introduced with stronger forcing con-
ditions may lead to a “splitting” in the degeneracy in which
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kov et al.* suggested that the increase in shell shear modus
and viscosity of SonoVue® bubbles with radius might result
from material rheological properties of both shear-thinning
and strain-softening processes. Due to complicated rheologi-
cal changes in the lipid shell, SonoVue® microbubbles may
generate stronger nonlinear responses when insonified by
stronger US pulses, making these bubbles an ideal choice to
explore nonlinear dynamical shell effects. One model ideally
suited for such exploration is the full Marmottant model,
which includes rupture and buckling effects—an elastic pa-
rameter that depends on the bubble radius.

B. Light scattering

Our implementation of light scattering is straightfor-
ward, and shows great promise for characterizing shelled mi-
crobubbles. The additional imaging system used for calibra-
tion (see dashed lines in Fig. 2) is somewhat inconvenient.
For comparative purposes, we re-analyzed the light scatter-
ing data by including a third fitting parameter, R, into the
routine instead of assuming the measured calibration con-
stant. For that case, the best-fit value for R is 1.72 um, and
the corresponding best-fit shell parameters and minimum
STD are listed in Table III. The R(¢) curve using this slightly
lower value for R is shown in Fig. 5. Comparing to the R(z)
curve using the calibrated value Ry=1.78 um [Fig. 3(b)], we
note that the addition of R, as a fitting parameter does not
appreciably change the fits to the data. The corresponding
shell parameters are slightly lower (see Table III), but the
trend shown in Fig. 4 does not change.
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FIG. 5. The data in Fig. 3(b) are re-analyzed by adding a third fitting
parameter, R,. The best fit Ry=1.72 um. The best fit shell parameters are
listed in Table IIL.
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There is relatively close agreement between our cali-
brated and fitted data. Indeed, professional multi-beam light
scattering systems are already used to size microbubbles.**
That a simple light scattering system can estimate mi-
crobubble size and shell parameters suggests that it should be
possible to implement a light scattering system for mi-
crobubble characterization in the laboratory or industrially,
for both sizing and shell characterization. In particular, with
the addition of an US driver, an off-the-shelf particle sizer
could be modified to characterize both size and shell proper-
ties. Such an effort is already being undertaken in our labo-
ratory, with promising results.

VIl. CONCLUSION

Three shelled UCA bubble dynamic models (i.e., the
Hoff, Sarkar, and linearized Marmottant models) were com-
pared by fitting to experimental data obtained from previ-
ously published literature. The comparison results show that
it is difficult to rank these models for lipid monolayer shelled
bubbles undergoing small-amplitude oscillations. Although
different shell parameters are used in each of the models,
they appear to be related to each other under the assumptions
of small-amplitude oscillation and constant shell thickness.
SonoVue® bubble shell parameters were quantified by fitting
the measured R(¢) curves generated with light scattering to a
linearized version of the Marmottant model. The results
show that the shell elastic modulus y and shell dilatational
viscosity k, increase with increasing ambient radius. Finally,
as an industrial method for characterizing microbubbles,
light scattering appears to have an advantage of low cost,
high speed of data acquisition and analysis, and high
throughput.

ACKNOWLEDGMENTS

The authors wish to thank Peter Frinking and Bracco
Imaging for supplying the SonoVue® microbubbles. We also
wish to thank Michel Versluis for providing the MATLAB pro-
gram for simulating the 8-cycle Gaussian windowed acoustic
pulse used in Ref. 23 and shown in Fig. 2 of this paper. This
work was funded in part by NIH Grant No. SRO1EB000350
(NIBIB), the National Natural Science Foundation of China
(Grant Nos. 10434070 and 10704037), the Young Scholar
Technological Innovation Projects of Jiangsu Province
(China) Grant No. BK2007569, and the Research Fund for
the Doctoral Program (for new scholar) of Higher Education
of China (Grant No. 20070284070).

'B. B. Goldberg, J. S. Raichlen, and F. Forsberg, Ultrasound Contrast
Agents—Basic Principles and Clinical Applications, 2nd ed. (Martin Dun-
itz, London, 2001).

’p. A Dijkmans, L. J. M. Juffermans, R. J. P. Musters, A. van Wamel, F. J.
ten Cate, W. van Gilst, C. A. Visser, N de Jong, and O. Kamp, “Mi-
crobubbles and ultrasound: from diagnosis to therapy,” Eur. J. Echocar-
diogr. 5, 245-256 (2004).

3G. Regine, M. Atzori, V. Miele, V. V. Buffa, M. Galluzzo, M. Luzietti, and
L. Adami, “Second-generation sonographic contrast agents in the evalua-
tion of renal trauma,” Radiol. Med. (Torino) 112, 581-587 (2007).

A, Kabalnov, D. Klein, T. Pelura, E. Schutt, and J. Weers, “Dissoluton of
multicomponent microbubbles in the bloodstream: 1. Theory,” Ultrasound
Med. Biol. 24, 739-749 (1998).

3S. Tinkov, R. Bekeredjian, G. Winter, and C. Coester, “Microbubbles as

J. Acoust. Soc. Am., Vol. 126, No. 6, December 2009

ultrasound triggered drug carriers,” J. Pharm. Sci. 98, 1935-1961 (2009).

‘. E. Kennedy, “High-intensity focused ultrasound in the treatment of solid
tumours,” Nat. Rev. Cancer 5, 321-327 (2005).

D.J. May, J. S. Allen, and K. W. Ferrara, “Dynamics and fragmentation of
thick-shelled microbubbles,” IEEE Trans. Ultrason. Ferroelectr. Freq.
Control 49, 1400-1410 (2002).
8N. de Jong, R. Cornet, and C. T. Lancée “Higher harmonics of vibrating
gas-filled microspheres. Part two: Measurements,” Ultrasonics 32, 455—
459 (1994).

N. de Jong, R. Cornet, and C. T. Lancee, “Higher harmonics of vibrating
gas-filled microspheres. Part one: Simulation,” Ultrasonics 32, 447-453
(1994).

c. c. Church, “The effects of an elastic solid surface layer on the radial
pulsations of gas bubbles,” J. Acoust. Soc. Am. 97, 1510-1521 (1995).
L. Hoff, Acoustic Characterization of Contrast Agents for Medical Ultra-

sound Imaging (Kluwer, Dordrecht, 2001).

Ip, Chatterjee and K. Sarkar, “A Newtonian rheological model for the
interface of microbubble contrast agents,” Ultrasound Med. Biol. 29,
1749-1757 (2003).

13p, Marmottant, S. van der Meer, M. Emmer, M. Versluis, N. de Jong, S.
Hilgenfeldt, and D. A. Lohse, “A model for large amplitude oscillations of
coated bubbles accounting for buckling and rupture,” J. Acoust. Soc. Am.
118, 3499-3505 (2005).

L, Rayleigh, “On the pressure developed in a liquid during the collapse of
a spherical cavity,” Philos. Mag. 34, 94-98 (1917).

M. S. Plesset, “The dynamics of cavitation bubbles,” ASME J. Appl.
Mech. 16, 277-282 (1949).

"N. de Jong and L. Hoff, “Ultrasound scattering properties of Albunex
microspheres,” Ultrasonics 31, 175181 (1993).

K. E. Morgan, J. S. Allen, P. A. Dayton, J. E. Chomas, A. L. Klibaov, and
K. W. Ferrara, “Experimental and theoretical evaluation of microbubble
behavior: Effect of transmitted phase and bubble size,” IEEE Trans. Ul-
trason. Ferroelectr. Freq. Control. 47, 1494-1509 (2000).

3R, Basude and M. A. Wheatley, “Generation of ultraharmonics in surfac-
tant based ultrasound contrast agents: Use and advantages,” Ultrasonics
39, 437-444 (2001).

“p H. Chang, K. K. Shun, and H. B. Levene, “Second harmonic imaging
and harmonic Doppler measurements with Albunex,” IEEE Trans. Ultra-
son. Ferroelectr. Freq. Control. 42, 1020-1027 (1995).

“W. T. Shi, F. Forsberg, A. L. Hall, R. Y. Chia, I. B. Liu, S. Miller, K. E.
Thomenius, M. A. Wheatley, and B. B. Goldberg, “Subharmonic imaging
with microbubble contrast agents: Initial results,” Ultrason. Imaging 21,
79-94 (1999).

2p A, Dayton, K. E. Morgan, A. L. Klibanov, G. Brandenburger, and K. W.
Ferrara, “Optical and acoustical observation of the effects of ultrasound on
contrast agents,” IEEE Trans. Ultrason. Ferroelectr. Freq. Control. 46,
220-232 (1999).

2N. de Jong, P. J. A. Frinking, A. Bouakaz, M. Goorden, T. Schourmans, X.
Jingping, and F. Mastik, “Optical imaging of contrast agent microbubbles
in an ultrasound field with a 100-MHz camera,” Ultrasound Med. Biol. 26,
487-492 (2000).

235, M. Van der Meer, B. Dollet, M. M. Voormolen, C. T. Chin, A. Bouakaz,
N. de Jong, M. Versluis, and D. Lohse, “Microbubble spectroscopy of
ultrasound contrast agents,” J. Acoust. Soc. Am. 121, 648-656 (2007).

Hy, Sboros, K. V. Ramnarine, C. M. Moran, S. D. Pye, and W. N.
McDicken, “Understanding the limitations of ultrasonic backscattering
measurements from microbubble populations,” Phys. Med. Biol. 47,
4287-4299 (2002).

»A. L. Aden and M. Kerker, “Scattering of electromagnetic waves from
two concentric spheres,” J. Appl. Phys. 22, 1242-1246 (1951).

p, L. Marston, S. C. Billette, and C. E. Dean, “Scattering of light by a
coated bubble in water near the critical and Brewster scattering angles,”
Ocean Optics IX, edited by M. A. Blizard, Proc. SPIE 925, 308-316
(1983).

Z'p, L. Marston, “Colors observed when sunlight is scattered by bubble
clouds in sea water,” Appl. Opt. 30, 3479-3484 (1991).

#C. E Bohren and D. R. Huffman, Absorption and Scattering of Light by
Small Particles (Wiley, New York, 1998).

3. Guan and T. J. Matula, “Using light-scattering to measure the response
of individual ultrasound contrast microbubbles subjected to pulsed ultra-
sound in vitro,” J. Acoust. Soc. Am. 116, 2832-2842 (2004); T. J. Matula
and J. Guan, “Using light-scattering techniques to better understand the
interaction of pulsed ultrasound with contrast microbubbles,” Proc. SPIE
5750, 117-126 (2005).

Tu et al.: Light scattering from SonoVue microbubbles 2961



*A. A. Doinikov and P. A. Dayton, “Nonlinear dynamics of lipid-shelled
ultrasound microbubble contrast agents,” Computational Methods in Mul-
tiphase Flow 1V, edited by A. A. Mammoli and C. A. Brebbia (WIT,
Southampton, United Kingdom, 2007), pp. 261-270.

*ID. Boal, Mechanics of the Cell (Cambridge University Press, Cambridge,
2002).

M. Gorce, M. Arditi, and M. Schneider, “Influence of bubble size distri-
bution on the echogenicity of ultrasound contrast agents. A study of Sono-
Vue,” Invest. Radiol. 35, 661-671 (2000).

2962 J. Acoust. Soc. Am., Vol. 126, No. 6, December 2009

BA. A Doinikov, J. F. Haac, and P. A. Dayton, “Modeling of nonlinear
viscous stress in encapsulating shells of lipid-coated contrast agent mi-
crobubbles,” Ultrasonics 49, 269-275 (2009).

*B. E. Oeffinger and M. A. Wheatley, “Development and characterization
of a nano-scale contrast agent,” Ultrasonics 42, 343-347 (2004).

$s. H. Bloch, R. E. Short, K. W. Ferrara, and E. R. Wisner, “The effect of
size on the acoustic response of polymer-shelled contrast agents,” Ultra-
sound Med. Biol. 31, 439-444 (2005).

Tu et al.: Light scattering from SonoVue microbubbles



The natural frequencies of microbubble oscillation in elastic

vessels
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A theoretical model for the dynamics of a bubble in an elastic blood vessel is applied to study
numerically the effect of confinement on the free oscillations of a bubble. The vessel wall
deformations are described using a lumped-parameter membrane-type model, which is coupled to
the Navier—Stokes equations for the fluid motion inside the vessel. It is shown that the bubble
oscillations in a finite-length vessel are characterized by a spectrum of frequencies, with
distinguishable high-frequency and low-frequency modes. The frequency of the high-frequency
mode increases with the vessel elastic modulus and, for a thin-wall vessel, can be higher than the
natural frequency of bubble oscillations in an unconfined liquid. In the limiting case of an infinitely
stiff vessel wall, the frequency of the low-frequency mode approaches the well-known solution for
a bubble confined in a rigid vessel. In order to interpret the results, a simple two-degree-of-freedom
model is applied. The results suggest that in order to maximize deposition of acoustic energy, a
bubble confined in a long elastic vessel has to be excited at frequencies higher than the natural

frequency of the equivalent unconfined bubble.

© 2009 Acoustical Society of America. [DOI: 10.1121/1.3243292]

PACS number(s): 43.35.Pt, 43.20.Ks, 43.80.Qf, 43.80.Sh [CCC]

I. INTRODUCTION

A. Background and motivation

Microbubbles have become well established as contrast
agents for medical ultrasound imaging (Stride and Saffari,
2003; Burns, 1996; Forsberg et al., 2000; Cosgrove, 2006).
They have also been investigated as vehicles for targeted
drug and gene delivery, transient disruption of the blood
brain barrier, thrombolysis, and high-intensity focused ultra-
sound therapy (Bull, 2007; Bao et al., 1997; Hynynen, 2008;
Tachibana and Tachibana, 1995; Clement, 2004). Their effi-
cacy in these applications is due to the highly non-linear
response of bubbles to ultrasound, which results in the ap-
pearance of subharmonic and harmonic frequency compo-
nents in the scattered pressure field, and allows the echoes
from the microbubbles and tissue to be better distinguished.
Under resonant excitation, the most favorable conditions for
acoustic energy transfer to the bubble can be achieved. For
bubbles located in large blood vessels far from the vessel
walls, the effect of confinement on the bubble response is
negligibly small, and the resonance frequency can be esti-
mated based on the results of studies of spherical oscillations
of coated and uncoated bubbles in a large volume of liquid.
However, the effect of confinement cannot be neglected for
bubbles located in narrow capillaries and near walls of larger
vessels. Experimental studies have shown that the presence
of a confining surface can significantly change the flow field
around the deforming bubble (Lauterborn and Bolle, 1975;
Brujan et al., 2001) as well as the bubble’s acoustic response
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(Zhao et al., 2006). Recent numerical studies also have sug-
gested that the effects of vessel size and type of vasculature
have to be considered when choosing the transmission fre-
quency in ultrasound imaging and drug delivery with mi-
crobubbles (Sassaroli and Hynynen, 2005; Qin and Ferrara,
2007). In the dynamic system composed of a bubble and a
compliant wall as two elastic structures, more than one reso-
nance mode can be expected. To the best of the authors’
knowledge, the effect of wall stiffness on the resonance
modes of bubble oscillations in elastic vessels has not been
quantified to this date.

B. Literature review

Miller (1979) examined the effect of wall elasticity on
the radial oscillations of long cylindrical gaseous inclusions
in plants, neglecting their axial dimension. It was shown that
the resonance frequency of the gas inclusions increases with
increasing stiffness of the vessel wall. Leighton et al. (1995)
developed a theory for free vibrations of a one-dimensional
(ID) bubble occupying the whole cross-section of a rigid
tube having a divergent section at some distance away from
the bubble. In order to describe more accurately the non-
spherical deformations of small (millimeter-size) bubbles
near confining surfaces, the boundary integral method has
been used, assuming inviscid flow (Blake et al., 1987, 1986;
Krasovitski and Kimmel, 2001; Oguz and Prosperetti, 1998;
Best and Kucera, 1992). Assuming that a blood vessel can be
approximated as a rigid tube, and following the model devel-
oped by Oguz and Prosperetti (1998), Sassaroli and Hynynen
(2005) analyzed the resonance frequency of a microbubble,
taking into account the effects of viscous and thermal damp-
ing. The study confirmed the conclusions of Oguz and Pros-
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peretti (1998) and Leighton et al. (1995) that the natural
frequency of a bubble in a rigid tube is reduced as a result of
confinement and decreases with the vessel length.

The boundary element method has also been applied to
study the potential mechanism of vessel damage by oscilla-
tions of a microbubble in a high-intensity ultrasound field
(Miao et al., 2008). Moderate amplitude oscillations of mi-
crobubbles can be more accurately described using the
Navier—Stokes equations, which can be solved numerically
using finite element or finite volume methods (Qin and Fer-
rara, 2007, 2006; Gao et al., 2007).

The effect of vessel compliance has been studied mainly
for bubbles confined in capillaries, which are the smallest
vessels in the body enabling interchange of substances be-
tween the blood and body tissues. They have a simpler struc-
ture than large arteries and veins and, also, can be more
easily affected by the oscillations of a single bubble. Since
the elasticity of capillaries depends largely on the nature of
the surrounding tissue (Fung et al., 1966), several different
modeling approaches have been developed to describe the
structure and stiffness of the capillary wall.

Qin and Ferrara (2006) applied a lumped-parameter
model from Humphrey and Na (2002) to describe the dy-
namics of a capillary wall as a membrane-type anisotropic
elastic structure (Belardinelli and Cavalcanti, 1992) embed-
ded in a small volume of surrounding tissue. They confirmed
the results of experimental ex vivo observations by Caskey
et al. (2006) that bubble oscillations in long rat cecum cap-
illaries are less affected by the capillary length than they are
in rigid vessels. Miao et al. (2008) assumed that the vessel
wall is a finite-thickness structure possessing properties of a
homogeneous isotropic elastic material. They adopted the al-
gorithm proposed by Duncan er al. (1996) to couple the
boundary element method solution in the fluid domain and
the finite element method (FEM) solution for the structural
deformations. For short vessels with lengths less than 10
vessel diameters, the bubble oscillations were found to be
affected by the vessel length. It was found, as in the study by
Leighton er al. (1995), that narrow blood vessels can be
damaged by excessive wall stresses generated by collapsing
bubbles. Gao et al. (2007) applied the pseudoplastic vessel
elasticity model by Humphrey and Na (2002), taking into
account the orthotropic nature of the vessel wall as a finite-
thickness structure. In agreement with Qin and Ferrara
(2007), they concluded that higher stiffness of the vessel wall
causes a larger stress amplitude and a higher frequency for
the wall oscillations. While the results of Duncan et al.
(1996) indicate that the oscillations of a bubble near an elas-
tic structure contain two frequency components, this effect
has not been observed for bubbles confined in elastic vessels.
The lumped-parameter model developed by Qin and Ferrara
(2006) has been applied to study only the special case of
bubble oscillations in capillaries where both thickness and
elasticity change simultaneously with tumor development
(Qin and Ferrara, 2006, 2007). Although elastic modulus and
thickness can be considered as two independent parameters
of a blood vessel, their effect on the bubble oscillations had
not been quantified up to this point.
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FIG. 1. Geometry and dimensions of a bubble located in the middle of a
cylindrical blood vessel. r-z are the global coordinates, and n-7 are the local
coordinates on the bubble surface.

C. Objectives

The objective of the present study is to characterize the
frequency spectrum of the natural oscillations of a bubble
confined in a vessel of a finite length and variable stiffness
(elastic modulus and thickness). First, the continuum me-
chanics model for asymmetrical oscillations of a bubble in an
elastic vessel is described. An alternative simplified model is
then developed for a bubble in a vessel as a two-degree-of-
freedom system. Subsequently, the results for the effect of
bubble confinement in an elastic vessel on the frequency of
free small-amplitude oscillations in the bubble-vessel system
are presented and compared with results of analysis of nor-
mal modes using the simplified model.

Il. MATHEMATICAL MODEL
A. Fluid flow

For the purpose of the present study, the oscillations of
an initially spherical bubble located at the midpoint on the
axis of a cylindrical blood vessel (Fig. 1) are considered.
Advection of the bubble by the blood stream is neglected on
the basis that the relevant time scale is much longer than that
for the bubble oscillations. Assuming that in cylindrical co-
ordinates (Fig. 1) the solution is independent of the angular
coordinate, the problem is solved in two dimensions (r,z).
The liquid content of the vessel (blood plasma) is modeled as
a homogeneous single-phase Newtonian fluid. Assuming that
the acoustic pressure wavelength is much larger than the ves-
sel length, and liquid velocities are small compared with the
speed of sound, the liquid is considered as incompressible.
The fluid motion is described using the Navier—Stokes equa-
tions

V-u=0,

du
pz(g+(u-V)u> =V (=pl+ m(Vu+Vu')), (1)
where u is the velocity, p is the pressure, I is the identity
tensor, p; is the liquid density, and w; is the dynamic coeffi-
cient of viscosity, which in the present study are set to p;
=10° kg/m? and ;=107 Pas.

B. Bubble motion

Since the gas in a bubble is much less dense than the
surrounding liquid, and amplitudes of oscillations are as-
sumed to be small, the inertia of the gas is neglected. The gas
diffusion from the bubble is neglected as a relatively slow
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process. It is also assumed that the gas is ideal and behaves
isothermally (y=1), which is an acceptable approximation
for the relatively small bubble deformations expected for di-
agnostic ultrasound applications (Stride and Saffari, 2003).
Then, the gas pressure p, is related to the bubble volume
as pe=pg,(V,/V)?, where p,,=p,+20/R, is the initial
gas pressure inside the bubble, p,, is the ambient pressure
in liquid, o is the surface tension coefficient (o
=0.0643 N/m), V is the instantaneous gas volume, and V,
=%7TR(3) is the volume of an initially spherical bubble with
radius R,. For an arbitrary bubble shape, the volume V is
calculated by applying the Gauss divergence theorem.

C. Vessel wall deformations

Following the study by Qin and Ferrara (2006) the ves-
sel wall is described as a membrane-type elastic structure
composed of a thin layer of endothelial cells embedded in
tissue. The linearized form of the equation for the deforma-
tions of the vessel wall with equilibrium radius R,, adopted
in the present study, is

Ev—dv(ﬁv _Rv)’ (2)

(pod, + pd)R, = = pa-— -
v“v ™t v (1_V2)R3

where d,+d, is the effective thickness of the vessel wall (the

membrane wall and embedding tissue), ﬁv is the instanta-
neous local vessel radius, p, and p, are the densities of the
wall and embedding tissue, p; is the pressure in the liquid, p,,
is the pressure in the periphery of the vessel wall, the third
term on the right-hand side describes the elastic response
from the membrane wall, E, is Young’s modulus of the wall,
and v is Poisson’s ratio.

Assuming equal densities of the embedding tissue and
the vessel-filling liquid, the natural frequency of oscillations
of a bubble in a vessel of infinitesimal stiffness is expected to
match with the theoretical limit of unconfined bubble. In
order to describe this effect the thin-wall vessel is modeled
as surrounded by liquid with an effective thickness d,. This
extends the model by Qin and Ferrara (2007) originally pro-
posed for vessels embedded in a small amount of embedding
tissue. In order to make a comparison with the results by Qin
and Ferrara (2007), the present study is performed for the
equilibrium bubble radius of R.;=4 um and the following
set of constants in Eq. (2): R,=5 um, E,=1 MPa, d,
=1 um, d,=1 um, p,=p,=900 kg/m>, and v=0.5. At rest,
it is assumed that p,=p;,=0.1 MPa so that the transmural
pressure p,—p, is zero, and the vessel is unstrained.

In the human body, blood capillaries connect larger
blood vessel (arterioles and venules) and are typically less
than 1 mm in length. For bubbles confined in finite-length
stiff tubes with opened ends, the mass of liquid in the tube
represents a major contribution to the radiation mass of a
bubble (Leighton er al., 1995; Oguz and Prosperetti, 1998).
The study by Caskey er al. (2006) has indicated that in com-
pliant blood capillaries, the vessel length has less effect on
the bubble-vessel oscillations than in rigid tubes. Qin and
Ferrara (2006) showed that bubble oscillations in sufficiently
long and soft vessels are not affected by the vessel length. In
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the present study the effect of vessel length is clarified for
short vessels with walls of an arbitrary stiffness.

D. Boundary conditions

Equation (1) is closed by the boundary conditions at the
vessel wall, vessel symmetry axis (u,=du,/dr=0), vessel
ends (where the ambient pressure p,, is set to 0.1 MPa), and
the bubble free surface. The velocity is continuous across the
vessel and bubble walls. At the vessel wall, the normal stress
in the liquid is balanced with the pressure p; in Eq. (2). The
dynamic boundary condition at the bubble surface states the
balances for normal stress components:

((pg— p)I+ w(Vu+Vu')) - n=20«kn,

where n is the unit normal vector at the bubble surface (Fig.
1), and « is the local mean curvature of the surface, defined

as
k=—|k'"+—|.
2 r

Here n, is the radial component of the unit normal vector n,
r is the local radial coordinate of the bubble surface, and «’
is the local curvature of the bubble surface in the r-z plane:

er dr 2132
K'=d—Z2/ 1+<d_z) . (3)

E. Method of solution

The governing equations subject to the above boundary
conditions are solved using the FEM package COMSOL MUL-
TIPHYSICS 3.4 (COMSOL AB, Palo Alto, CA). With the finite
element method, the solution domain is covered by a trian-
gular non-uniform mesh with higher resolution applied at the
bubble surface and near the vessel wall. Motion of the free
bubble surface and deformations of the vessel wall are de-
scribed using a moving mesh arbitrary Lagrangian—Eulerian
(ALE) algorithm. The ALE method smoothly deforms the
mesh in the fluid domain by solving the Laplace equation for
the mesh displacements.

In order to stabilize the non-physical pressure oscilla-
tions in the solution of the Navier—Stokes equations, the
second-order elements for the velocity components and lin-
ear elements for the pressure are used. The local curvature «’
was calculated numerically using the finite-difference ap-
proximation of Eq. (3), with 120 points located on the bubble
interface. It was found that doubling the number of discreti-
zation points did not change noticeably the calculated shape
and the mean radius of the bubble.

For the time integration, an implicit backward-differ-
encing second-order method was used. The time step integra-
tion was completed when the desired level of accuracy
(0.1%) was achieved for the flow variables.

In order to verify the numerical model, several tests
have been developed based on the available theoretical re-
sults. The results of the model validation using the solution
of the Rayleigh—Plesset equation and free oscillations of a
bubble in a rigid vessel (Oguz and Prosperetti, 1998) and in
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FIG. 2. A spring-mass system for analysis of the bubble oscillations in an
elastic vessel. The x axis is arranged in such a way that its direction coin-
cides with the direction of the r axis and is opposite to the direction of the
z axis in Fig. 1.

a compliant vessel (Qin and Ferrara, 2007) are summarized
in the Appendix.

lll. APPROXIMATE MODEL WITH TWO DEGREES OF
FREEDOM

A. Formulation of the model

Bubble oscillations in a vessel can also be described
using a simplified approach originally proposed by Oguz and
Prosperetti (1998) to model the dynamics of a one-
dimensional bubble in a rigid vessel. This method is ex-
tended here to a bubble in an elastic vessel. In this case, the
liquid motion in the radial direction is restricted by the elas-
ticity and inertia of the vessel wall as well as the inertia of
the liquid in the gap between the bubble and vessel wall. The
system is approximately described using a model with two
degrees of freedom (Fig. 2), associated with the motion of
the liquid in the vessel and the vessel wall, both dynamically
interacting with a massless bubble. The effect of viscous
damping on the oscillations is neglected.

Following the concept introduced by Oguz and Prosper-
etti (1998), a bubble is considered as a massless and com-
pressible (isothermal) cylindrical slice having the same vol-
ume as the equivalent spherical bubble V=%7TR3 and
occupying the whole cross-section of a vessel of length AL
=V/ 7TR5. Furthermore, it is assumed that the vessel wall de-
forms only locally in a section occupied by a bubble of
height AL, while away from the bubble location, the wall
remains undeformed. On each side of the vessel cross-
section at z=0, the liquid mass m,:%plAv(Lv—AL) is in con-
tact with the cylindrical bubble slice over the area AU=7TR5.
The mass of the deforming section of the wall with an area
A=27R,AL is m,=p,d,A,. These masses are linked to the
spring elements representing a massless bubble (kg) and an
elastic vessel wall (k,) (Fig. 2). The dynamics of this system
are described by the equations

mix;=—kg (x;— X,), (4)

mUj(’:U == kB,r(xv - fl) - kvxv, (5)

where x; and x, describe the relative displacements of masses
m; and my, kg, and kg, are the corresponding bubble stiff-
ness coefficients defined below, and X, and X are the relative
displacements caused by the motion of masses m, and m;.
These are expressed using the mass conservation relation for
the bubble at a fixed pressure (dV=2A,dz+A,dr=0):

X=x0C, (6)
%,=x,/C, (7)
where
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_dr 24,
T odz A,

(8)

and dr and dz are the magnitudes of the bubble deformation
in r- and z-directions.

In order to derive an expression for kg ., the axial defor-
mations of the bubble slice are considered assuming that the
radial deformations are restricted. These deformations are
associated with the axial motion of liquid with the mass m; in
contact with the bubble over the area A,. The stiffness of a
bubble in this case can be defined as kg ,=—A, dp;/dz, and p;
is pressure inside the bubble (Oguz and Prosperetti, 1998).
Taking into account that A, dz=dV/2,

2dp;

kB,z = - 2AU dV .

)

Assuming that the volumetric stiffness of an ideal gas inside
the bubble dp;/dV=—vyp/V is the same as for an uncon-
strained bubble (Oguz and Prosperetti, 1998), Eq. (9) can be
expressed as

3(R,\?
P =’)/7TpRv—<_v> .

2
kB,Z= Z(WRU)Z 2 R

4
_7TR3
3

Disregarding the liquid motion in the axial direction, the sys-
tem can deform along the radial coordinate. These deforma-
tions are restricted by the inertia of the vessel wall m, and
combined stiffness of the bubble &z, and the vessel wall k,.
The bubble stiffness kg ,=—Adp;/dR, is affected by the sur-
face area of the bubble in contact with the vessel wall Aj.
Taking into account that dV=AdR, and using Eq. (9),

2
AS

ky, = —=
Broa?

kg,:. (10)

The coefficient in the last term on the right-hand side of Eq.
(2) multiplied by A, is equal to the wall stiffness k,
=(8/3)wE,d,(R/R,)*/(1-17).

Substitution of Egs. (6)—(8) and (10) into Egs. (4) and
(5) gives

. C? X
mlxlz_kB,r7<xl_Ev>’ (11)
myx, =— kg (x, — Cx;) — k,x,,. (12)

The oscillation frequency w of the natural modes for the
coupled equations (11) and (12) satisfies the characteristic
equation

- c? . C
mw- — A A
! Br Bry 0. (13)

kg,C myw® — (kg + k)

which can be solved for the two normal mode frequencies
whigh(mhmuakB,r’kv’C) and wlow(ml’mv?kB,r’kv’C)‘
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B. Limiting cases

The solution of Eq. (13) can be analyzed in the limiting
cases of confinement of a bubble in infinitely stiff and infi-
nitely soft vessels.

In the limiting case of bubble confinement in a rigid
vessel (E,—,r—0) Eq. (12) vanishes, and the character-
istic frequency of the low-frequency mode is

Ohea= s (14)
m
which can be expressed as
2 2
- R
( Wrigid ) — v , (15)
W, R(L,-AL)

where w,,=\—-4mR/pdp;/dV is the natural frequency of an
unconfined bubble with negligible surface tension. This re-
sult is consistent with the approximate equation derived by
Oguz and Prosperetti (1998) for a bubble located in the
middle of a vessel:

Wrigid : _ R_i
- e’ ( 16)
[ RL,

where L°=L,—(4/3)R*/R2+4R, is the equivalent length of
the liquid columns on both sides of the bubble.
In another limiting case when k,—0, the eigenfre-
quency is
o kg (my+m,C2)

soft = .
m lmv

w

From the practical point of view it is also interesting to con-
sider a limit m;— % (m;>m,,z<<r) when the eigenfrequency
of the high-frequency mode is

2 ky+kg,

Whigh = — (17)
v

This gives for k,—0 (bubble stiffness controlled oscilla-
tions):

(-L“’hi hv3>2:1ﬂ—R2 (18)
w. | 6p,Rd,’

and for kg ,— 0 (vessel stiffness controlled oscillations):

() __n(x) "
. 3(1-1)yppy \R,

Equation (18) shows that oscillations of bubbles with R,
~R in thin-walled vessels (d,<R) with p,= p; are charac-
terized by a natural frequency that is larger than w.. It is

interesting to note that Eq. (19) gives the natural frequency
of the vessel wall oscillations, as described by Eq. (2).

IV. RESULTS

As previously stated in the Introduction, for the practi-
cally important case of bubble confinement in a narrow elas-
tic vessel, the effects of individual vessel parameters on the
fundamental frequency of bubble oscillations have not been
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investigated. This section describes the results of studies of
the influence of the vessel parameters on the free response of
a microbubble.

In order to obtain the natural response of the system
(bubble in a vessel), a microbubble with an equilibrium ra-
dius of 4 wm was initially spherically perturbed by AR=
0.1 um, and then released for free oscillations. From the
results of the computations, the time traces for the mean
radius R=(3V/4m)'"3 of an equivalent spherical bubble of
volume V were obtained. A fast Fourier transform (FFT) of
the radius time curves was then performed to calculate the
frequency spectrum for the volumetric oscillations of the
bubble.

In order to quantify the effect of vessel stiffness and
confinement on the frequency spectrum of bubble oscilla-
tions, Young’s modulus and the radius of the vessel wall as
well as the thickness of the embedding tissue were varied.
The values of Young’s modulus of vascular tissues reported
in the literature vary from about 0.98 MPa (or lower) to 9.6
MPa (and higher) (Duck, 1990; Yamada, 1970; Rowe et al.,
2003; Snowhill and Silver, 2005). Analysis of measurements
of elasticity of capillaries in frog mesentery (Fung ef al.,
1966) has shown that Young’s modulus of the endothelium,
considered as a membrane in a liquid, is less than 0.68 MPa.
In order to cover this range, the wall elastic modulus E, has
been varied from 0.1 to 50 MPa. The thickness of the em-
bedding tissue d, has been varied from O to 4 um. In order
to quantify the effect of vessel size, the computations were
performed for a vessel wall radius of 5—10 um and a vessel
length of 40-500 um.

A. Effect of vessel elasticity and length

In an unbounded liquid, an uncoated bubble can be char-
acterized by its radiation mass, which is a function of the
bubble equilibrium size, liquid density, and stiffness, which
are in turn functions of the bubble size, gas pressure, and
surface tension coefficient. For a bubble in an elastic vessel,
the inertia of the liquid and stiffness of the vessel wall also
affect the bubble oscillations. In fact, the vessel length was
shown to be a major factor influencing the period of bubble
oscillations in finite-length stiff vessels (Oguz and Prosper-
etti, 1998; Sassaroli and Hynynen, 2004; Qin and Ferrara,
2006; Miao et al., 2008). On the other hand, the numerical
study by Qin and Ferrara (2006) has shown that the bubble
oscillations in long and compliant vessels are not affected by
the vessel length. In order to clarify the effect of vessel
length on the bubble oscillations in an elastic vessel, this
section compares the results obtained for relatively short
(L,=40 um) and relatively long (L,=200 um) vessels.

Figure 3(a) shows the radial oscillation curves for a
bubble of equilibrium radius R.;=4 wm in vessels with ra-
dius R,=5 um, wall thicknesses d,=1 um and d,=0, and
different elasticities and lengths. It may be seen that bubble
oscillations in a short and stiff vessel contain more than one
mode. The high-frequency mode varies with the vessel wall
stiffness, while the low-frequency mode is more affected by
the vessel length.
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FIG. 3. (a) The effect of vessel length and wall stiffness on the volumetric
oscillations of a bubble. [(b) and (c)] The radial displacements of the vessel
wall and the radial and axial deformations of the bubble (R.;=4 um, R,
=5 wpm, and d,=1 um).

Figures 3(b) and 3(c) show that the natural oscillations
of a bubble in a narrow elastic vessel are non-spherical and
induce vessel wall deformations. In the plane z=0 the high-
frequency bubble oscillations are in phase with the vessel
wall oscillations. The frequency of these oscillations is seen
to increase with an increase in the vessel wall stiffness. In a
stiffer vessel [Fig. 3(c)] the amplitude of the high-frequency
oscillations of a bubble is reduced and the low-frequency
oscillations become more pronounced. Up to about 1 us, the
radial and axial displacements of the bubble are out of phase,
indicating the possible excitation of a shape mode of the
bubble oscillations. The time traces of the vessel wall dis-
placement at z=2R,, show that the wall deforms non-locally.
The phenomenon of wave propagation in the elastic vessel
can affect the bubble oscillations and will be addressed in
future studies.

Analysis of the spectral frequency content of the radius
time traces plotted in Fig. 3(a) was obtained using the FFT
algorithm. Figure 4 shows the spectra of bubble oscillations
in a short vessel (L,=40 wm). The spectrum of a bubble in
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FIG. 4. The effect of the vessel wall stiffness on the spectrum for the radial
oscillations of a bubble of equilibrium radius R.q=4 wm in a vessel with
R,=5 um, d,=1 um, and L,=40 pum. Solid curve, E,=1 MPa; dotted
curve, E,=10 MPa.

a soft vessel (E,=1 MPa) has two local peaks (characteristic
frequencies or modes): one at about 0.17 MHz and another at
about 1.33 MHz. The amplitude of the high-frequency mode
is higher than that of the low-frequency mode. For a stiff
vessel (E,=10 MPa), the low-frequency mode has the high-
est amplitude, while the lower-amplitude high-frequency
content of the spectra contains three local maxima. The
highest-frequency mode appears at about 2.3 MHz. In short
vessels, the low-frequency oscillations become more pro-
nounced with increasing vessel stiffness, while in long ves-
sels the low-frequency mode can be significantly suppressed
by viscous damping in the liquid. This is clearly seen from a
comparison of the curves L,=40 wum and 200 wm for E,=
10 MPa in Fig. 3(a). Figure 4 also shows the presence of
another, third, natural frequency mode at about 0.9 MHz,
which may be a nonlinear harmonic produced by interfer-
ence of the low-frequency second harmonic and sub-
harmonic of the high-frequency mode. The results based on
the FEM calculations for d,=0 show that the high-frequency
mode is almost unaffected by the vessel length. At the same
time the low-frequency mode can be over-damped in long
compliant vessels (L,=200 um) [see also Fig. 3(a)].

From the frequency spectra, calculated for various com-
binations of the vessel parameters, the natural frequencies
have been identified. Figure 5 shows frequencies for the high
and low natural frequency modes as a function of the vessel
wall elastic modulus. It can be seen that the frequency of the
high-frequency mode increases with the vessel stiffness and
is larger than the natural frequency of an unconfined bubble:

1 \/3'yplo+2(3y—l)0'/R
h 27R P ’

fe (20)
which for a bubble with radius R=4 wum gives f,
~().76 MHz.

B. Effect of the vessel radius

As discussed earlier, the low-frequency component of
natural oscillations is more pronounced for stiffer and shorter
vessels, while in soft elastic vessels the high-frequency os-
cillation mode is dominant. For rigid vessels the variation in
the natural frequency with the vessel diameter and length has
already been studied by Oguz and Prosperetti (1998). For
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FIG. 5. The effect of the vessel wall elastic modulus, thickness of the
embedding tissue, and vessel length on the natural frequency of the modes
of bubble oscillation (R,g=4 um, R,=5 um, and d,=1 um).

vessels of finite stiffness, the effect of vessel size on the
high-frequency natural oscillations remains unclear and is
addressed in this section. For this purpose the vessel radius
has been varied from 5 to 10 wm (Fig. 6). It is seen from
Fig. 6 that for relatively soft vessels with £, <1 MPa, the
natural frequency is affected more by the vessel diameter
than the elastic modulus E,. The natural frequency increases
by less than 8% for a tenfold increase in E,, by about 20%
when the vessel radius is reduced from infinity to 10 um,
and by about 35% when the vessel radius is further reduced
from 10 to 5 wum. For stiffer vessels, with E,>1 MPa, the
vessel wall Young’s modulus and diameter both have com-
parable effects on the natural frequency. Thus, in a vessel
with radius R,=7 um, an increase in the vessel elastic
modulus from 1 to 10 MPa gives an increase of approxi-
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FIG. 6. The effect of the vessel radius and elastic modulus on the natural
high-frequency mode of bubble oscillations in a long vessel (Rq=4 um,
d,=1 um, and L,=500 wm). Comparison of the results of computations
using the FEM and 1D models, and the results from Fig. 5 in the paper by
Qin and Ferrara (2007).
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FIG. 7. The effect of the vessel wall elastic modulus on the natural fre-
quency of the modes of bubble oscillation (R,=4 um, R,=5 um, L,
=40 pm, and d,=1 um).

mately 20% in the natural frequency; a similar effect can be
achieved by a reduction in the vessel radius from 7 to 5 um
when E,=1 MPa.

C. Effect of thickness of the embedding tissue

The effect of the surrounding tissue on the bubble natu-
ral frequencies was studied by varying the effective thickness
of the embedding tissue d, from 0 to 4 um. Figure 5 shows
that with an increasing amount of embedding tissue (d,), the
frequency of the high-frequency mode decreases by about
25%-30%. A large amount of embedding material can cause
a significant reduction in the frequency of oscillations due to
a large mass loading term p,d, in Eq. (2). To correctly model
the case when the vessel is embedded in a liquid (p,=p,) it is
essential to choose the thickness d, that would guarantee that
in the limiting case of an infinitely soft vessel (E,—0) the
natural frequency tends to f.. For the conditions in Fig. 5,
this maximum thickness d, is close to 4 um.

D. Comparison with the approximate model

Figure 7 shows the natural frequencies calculated from
Eq. (13) for a bubble with equilibrium radius R.,=4 wm and
a vessel with R,=5 um, L,=40 wm, and elastic modulus of
the vessel wall E, in the range from 0.01 to 100 MPa. It is
seen that the high-frequency branch follows qualitatively the
trend predicted from the FEM computations. For large E,
Eq. (19) provides a good approximation for the natural fre-
quency mode fi;,, described by Eq. (13). For small E,, the
larger difference between the fi;,, modes described by Egs.
(13) and (19) can be attributed to the fact that the contribu-
tion of the bubble stiffness was neglected in approximation
(19). In the limit when E,— 0, the FEM results predict the
high-frequency mode in agreement with Eq. (18).
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For a finite vessel wall stiffness, Egs. (14) and (18) over-
estimate the natural frequency. This can partially be ex-
plained by the fact that the inertia of the liquid in the gap
between the bubble and the vessel wall was neglected in Eq.
(5). Also, Eq. (14) predicts the undamped natural frequency,
while analysis based on Eq. (1) gives the frequency damped
by the liquid viscosity effect.

Figure 6 shows that in agreement with the FEM results,
the approximate model predicts wy,, decreases as the vessel
radius increases. This trend is also described by Egs. (18)
and (19).

In Fig. 7, the low-frequency mode f,,, as predicted by
Eq. (13) agrees with the results of FEM computations, and,
at large E,, both solutions converge to the limit given by Eq.
(16).

The two modes of oscillation described by the two-
degree-of-freedom model correspond to the in-phase and
out-of phase motions of the masses m; and m,. The model
takes into account the bubble axial and radial motions, but
does not differentiate between the shape and volume oscilla-
tions of a bubble. For a bubble confined in a vessel with
infinitely soft and absolutely rigid walls the model ad-
equately captures the bubble shape deformations. Thus, in an
ideally soft vessel in vacuum (no embedding tissue) the
bubble deforms into an oblate spheroid under high-frequency
oscillations in phase with the vessel wall. In a rigid vessel,
the low-frequency mode characterizes periodical elongations
of a bubble in the axial direction.

V. DISCUSSION

Earlier studies have shown that bubble oscillations in an
unbounded liquid and in rigid vessels are characterized by a
single natural frequency. The results obtained in the present
paper indicate that bubble oscillations in a finite-length elas-
tic vessel have a spectrum of frequencies with distinguish-
able high-frequency and low-frequency modes. Section IV D
explains that these frequencies appear as a result of the in-
teraction of a compressible bubble with an elastic vessel wall
and liquid column in a vessel. The natural frequencies are
shown to increase with an increase in the stiffness of the
vessel wall. In contrast with the high-frequency mode, the
low-frequency mode of the bubble oscillations in a compli-
ant vessel was shown to be significantly affected by the ves-
sel length. The low-frequency oscillations require a longer
period of observation to be detected in softer vessels and can
be significantly damped in long vessels.

The FEM results also showed the presence of mid-
frequency components, which may result from the non-linear
interaction of the harmonics and sub-harmonics of the first
two modes. The harmonic and sub-harmonic components
could be further suppressed if the effect of viscous damping
is considered for the vessel wall. Since there is a lack of data
in the literature about the viscous properties of blood vessels,
the viscous damping in the vessel wall has been ignored in
the present study. These effects have to be addressed in fu-
ture studies.

In the present consideration it was assumed that the
bubble is located in the midpoint of the vessel axis. Breaking
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this symmetry would induce other high-frequency transla-
tional bubble oscillations, as indicated in studies by Sassaroli
and Hynynen (2004) and Duncan et al. (1996).

The effect of a bubble coating on the oscillations of
confined bubbles is the subject of current research by the
authors. For coated microbubbles, the higher stiffness of the
coating increases the natural frequency of oscillations of an
unconfined bubble, and a similar proportional increase in
resonance frequency is expected for confined bubbles.

VI. CONCLUSIONS

It has been shown that the oscillations of a bubble in a
finite-length elastic vessel are characterized by a spectrum of
frequencies with two distinguishable natural frequencies.
The frequency of the high-frequency mode increases with the
vessel elastic modulus and, for a thin-wall vessel, can be
higher than the natural frequency of bubble oscillations in an
unconfined liquid. In the limiting case of an infinitely stiff
vessel wall, the frequency of the low-frequency mode ap-
proaches the well-known solution for bubbles confined in a
rigid vessel. In order to interpret the results, a simple model
has been applied, which assumes that oscillations can be ap-
proximately described using a system with two degrees of
freedom.

The results suggest that in order to maximize the ampli-
tude of bubble oscillations in an elastic vessel, it has to be
excited at a frequency higher than the natural frequency of an
unconfined bubble.
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APPENDIX: MODEL VALIDATION
1. Spherical oscillations of an unconfined bubble

For the purposes of validation, initially the spherically
symmetric solution for an unconfined bubble was obtained
using the Rayleigh-Plesset equation (Leighton, 1994)

(RR' ERZ) = (&>37 4 R Al
Pi +2 =DPgo R —Pio— /*LIR' ( )
Equation (A1) was solved using MATLAB® R2006b for a
bubble with an equilibrium radius of R.,=4 wm, zero sur-
face tension, and equilibrium liquid pressure of 0.1 MPa. In
COMSOL, in order to minimize the influence of a finite size of
the liquid domain on the bubble oscillations, the radius of the
external boundary was specified to be 100 times larger than
the bubble radius (Popinet and Zaleski, 2002).

Figure 8 shows the time variations in the bubble radius
as predicted by the finite element model in comparison with
the solution of Eq. (A1). From Fig. 8 it is seen that the finite
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FIG. 8. Radius vs. time curves for free oscillations of a spherical mi-
crobubble of equilibrium radius R.,;=4 wm based on the solution using the
FEM model (points) and the Rayleigh-Plesset equation (A1) (solid line).

element model predicts the bubble radius curves in good
agreement with Eq. (A1). The discrepancy between the two
solutions was found to be less than 5%.

2. Bubble oscillations in a rigid vessel

Oguz and Prosperetti (1998) [and earlier Devin (1961)]
showed that the natural frequency of a bubble located on the
axis of a rigid cylindrical tube decreases with the tube length,
as described by Eq. (16). Equation (16) has been shown to be
valid for relatively large bubbles with a zero surface tension
and radii larger than 0.2R,. Figure 9 shows the variation in
the bubble natural frequency with the vessel length accord-
ing to Eq. (19) in comparison with the calculations based on
the FEM results. Computations were performed for a bubble
with initial radius of 3 wm, vessel radius of 4 wm, and rela-
tive vessel length of 2L,/ R,=75, 150, and 300. It is seen that
the finite element model predicts a natural frequency, which
is in good agreement with that obtained from the theory by
Oguz and Prosperetti (1998).

3. Bubble oscillations in an elastic vessel

Figure 6 compares the results from this study with the
data reported by Qin and Ferrara (2007) for “compliant” cap-
illaries unaffected by the tumor. Comparison is performed
for a bubble with radius of 4 um and 0=0.0643 (Pa m)
placed in a vessel with elastic modulus E,=1 MPa and

0.4
—— Oguz & Prosperetti (1998)
¢ 037 --O-- FEM model

N
~ 024
S

0.1

0.0 T T T T

0 10 20 30 40 50

L,/ (2R,)

FIG. 9. The effect of vessel length on the natural frequency of a bubble
confined in a rigid vessel. Comparison of the frequency obtained from the
finite element solution (points) and the theory by Oguz and Prosperetti
(1998) (solid line).
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length of 500 wm. It is seen that the present results are in
very good agreement with those predicted by Qin and Fer-
rara (2007).
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Post-processing of guided wave array data for high resolution

pipe inspection
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This paper describes a method for processing data from a guided wave transducer array on a pipe.
The raw data set from such an array contains the full matrix of time-domain signals from each
transmitter-receiver combination. It is shown that for certain configurations of an array, the total
focusing method can be applied, which allows the array to be focused at every point on a pipe in
both transmission and reception. The effect of array configuration parameters on the sensitivity of
the proposed method to random and coherent noise is discussed. Experimental results are presented
using electromagnetic acoustic transducers for exciting and detecting the S, Lamb wave mode in a
12-in. diameter steel pipe at 200 kHz excitation frequency. The results show that using the imaging
algorithm, a 2-mm (0.08 wavelength) diameter half-thickness hole can be detected.
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PACS number(s): 43.35.Zc, 43.20.Mv, 43.60.Fg, 43.60.Jn [JGM]

I. INTRODUCTION

Ultrasonic guided waves provide a highly efficient tech-
nique for rapid pipe inspection.l‘2 Guided wave inspection is
mainly used for long-range pipe screening over 10 s of
meters at relatively low frequencies. This technique allows
the presence and axial location of defects to be obtained. The
leading commercial guided wave instruments for pipeline in-
spection also have data processing tools which allow maps of
unrolled pipe circumference to be plotted. Typically, this is
achieved by focusing on either transmission or reception
only, and for this reason circumferential resolution is limited.
Therefore, the problems of improving circumferential defect
location, characterization of the defects, and accurate defect
sizing still remain.

The defect detection and sizing capability of guided
wave inspection can be improved using array techniques,
which are well known in ultrasonic bulk wave imaging.3 The
complete raw data set from a transducer array contains the
full matrix of time-domain signals from each transmitter-
receiver combination. If such a matrix is collected, then all
imaging can be performed in post-processing.

This approach for pipe imaging was used in Refs. 4-6.
In Ref. 5, three different synthetic focusing algorithms were
investigated: the common source method (CSM), the syn-
thetic aperture focusing technique (SAFT), and the total fo-
cusing method (TFM). Although the processing technique is
the same for all three methods, only the TFM uses the full
transmit-receive matrix of data. The SAFT requires pulse-
echo data and the CSM corresponds to the case when all
transmitter elements are fired simultaneously with focusing
only performed on reception. In other words, only the TFM
uses the full focusing capability of the array. As a result, the
TFEM gives significantly reduced sidelobe level relative to the
SAFT and the CSM. However, for the considered array con-
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figuration, the authors showed that SAFT and TFM suffer
from the coherent noise in the image and for imaging only,
the CSM can be used.

In this paper, it is shown that for certain configurations
of the array on a pipe, the TEM can be applied, which allows
the array to be focused at every point on the pipe in both
transmission and reception. The sensitivity of the proposed
method to random and coherent noise is investigated. Experi-
mental results are presented using electromagnetic acoustic
transducers (EMATSs) for exciting and detecting the S, Lamb
wave mode in a 12-in. diameter steel pipe at 200 kHz exci-
tation frequency.

Il. PRELIMINARIES

A. Excitation and scattering of guided waves in a
pipe

A hollow cylinder of outer radius R and wall thickness &
is considered with a cylindrical coordinate system 6,y,z de-
fined with the y axis normal to the pipe surface. The guided
waves are excited by an ultrasonic transducer, which is lo-
cated at the outer surface of the cylinder and produces a time
harmonic load qe™*. The total harmonic displacement field
due to the surface load can be represented as the superposi-
tion of normal modes of the cylinder:

d
ut, 7>,
2
u=
- d
um, z<—7,
2
. oM
lliz Efxiwg(y)elmgetlk’"z, (1)
M,m

where u={u9,uy,uz}T is the displacement field, d is the axial
size of the transducer, and W% and kf‘: are the power normal-
ized displacements and wavenumber of the M-th mode of
m-th circumferential order, respectively. The indices “+” and
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negative axial directions. The mode amplitudes f%  are re-
lated to the load q as
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The guided waves u™ and u~ propagate in positive and
negative axial directions, interact with the scatterers, and
generate scattered wave fields u;. and u,, consisted of all
possible combinations of mode-converted guided waves. The
scattered waves propagating back toward the transmitter can
be written in the form

- + + MN\ N ino Tik"
uSC = u;—C + uSC’ uSC = 2 (E f%+smn )Wl‘l (y)elnae+lknz’

n,N \m,M
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where SV is the scattered modal amplitude.

B. Approximate theory for large diameter pipes

When the wall thickness 4 and the wavelength \ are
small compared with the pipe radius R, the effect of the
curvature of the pipe wall on the wave propagation becomes
negligibly small. In this case, the propagation and scattering
of guided waves in a pipe are described by an approximate
theory.7 The pipe can be regarded as a flat isotropic plate of
the same thickness that is periodic in the circumferential di-
rection. Such an approximation leads to the simple analogy
between guided wave modes in pipe and plate. Index M de-
fines the set of guided wave modes in a pipe which corre-
sponds to a particular guided wave mode in a plate. For
example, the longitudinal and flexural modes in a pipe cor-
respond to Lamb modes in a plate, and torsional modes in a
pipe correspond to shear horizontal modes in a plate. If the
index M is fixed, then the circumferential order m of a pipe
mode corresponds to specific directions of propagation ¢~
of plate mode. The angle go% * is defined by
m

kM sin (p%t = (4)

ky cos @ = + kM, 2

so the zero angle corresponds to the axisymmetric mode m
=0. The axial wavenumber of a pipe mode k% is the projec-
tion of the plate wavenumber k,, into the axial direction z:

2
kﬁ‘j:w/k@—%. (5)

The power normalized displacements w/, for the pipe
mode are given by

P%:ZwRef
R

ROU‘

P,le.ydy, (6)
where ), are pipe mode displacements and Px is the com-
plex Poynting vector.® If the pipe curvature can be neglected,
then the Poynting vector is in the direction of propagation of
the equivalent plate mode, and from Eq. (6), it follows
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where WM(‘P%) is the power normalized displacements for
the plate mode propagating in the qo% direction.

Using Eq. (7) and results obtained in Ref. 7, it is pos-
sible to relate the modal amplitudes £ and SV to the direc-
tivity function of the transmitter f), and the scattering matrix
of the defect in a plate S,,y, respectively:

. 1 12
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At relatively low frequency-thickness values (approxi-
mately less than 1 MHz mm), the normal stress correspond-
ing to the Sy mode is small compared with the in-plane
stresses and can be neglected. Note that for the SH, mode,
the normal stress is identically zero. Therefore, the propaga-
tion of these modes in a plate can be modeled using the plane
stress approximation.9 The plate is replaced by a two-
dimensional (2D) infinite elastic media, and the longitudinal
and shear bulk waves in this media correspond to the S, and
SH, modes in the plate. A similar approach has been used
before for finite element modeling of the S, mode in a
plate.10

It should be stressed that the pipe imaging method, de-
scribed in this paper, does not depend on any approximation
and is valid for any pipe. Nevertheless, the approximate
theory allows better understanding of propagation of guided
waves in a pipe and their interaction with defects.

C. Configuration of transducer array on a pipe

An ultrasonic array system consists of set of transmitter
elements and set of receiver elements. In order to perform
circumferential mode decomposition of transmitted and re-
flected wave fields, all transmitters and all receivers have to
be arranged in circumferential ring configurations around the
pipe.

For the data processing, it is desirable that only one type
of guided wave mode (i.e., equivalent to a particular plate
mode such as S;) is excited and detected. This can be
achieved at the transducer element level. For example, omni-
directional EMAT transducer'" allows excitation and detec-
tion of only the S, mode. In Refs. 5 and 6, PZT shear trans-
ducers were used, which excite two modes: SH, and S. The
S mode is transmitted predominantly in the circumferential
direction around the pipe, while the SH;, mode propagates in
the axial direction along the pipe and, therefore, can be for-
mally regarded as the only mode that is transmitted and de-
tected by the transducers. However, the array configuration
considered in Refs. 5 and 6 had transmitter and receiver el-
ements with the same axial positions on a pipe. In this case,
the received signals contain periodically repeated pure cir-
cumferential S, wave packets. On the other hand, if all trans-
mitters are fired simultaneously (the CSM), the excited wave
is an axisymmetric SH, mode, and there is no generation of
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any circumferentially propagating waves. This limits the fo-
cusing capability of such an array to reception only but
avoids the artifacts in an image caused by the unwanted cir-
cumferentially traveling waves.

An alternative pipe array configuration consists of sepa-
rate transmitter and receiver rings of transducers. In this situ-
ation, the transmitter-receiver time-traces contain signals re-
flected from features and defects in the positive and negative
axial direction and a direct transmitted signal. It is supposed
that the positive axial direction is the direction of imaging.
This means that waves reflected from features in the negative
direction, as well as the direct transmit-receive signal, must
be suppressed in post-processing. The appropriate array con-
figuration has two transmitter rings at z=z;, z,>0, and one
receiver ring at z=0, and, hence, the collected data can be
considered as two full transmit-receive matrices, one corre-
sponding to each transmitter ring. These data sets will be
denoted by the indices “1” and “2,” respectively.

Because it is assumed that the transducers are sensitive
to only one type of mode, the indices M and N, which refer
to the mode type in the wave field representation, can now be
omitted. The signal transmitted by the transducer at (6,,z, ,)
position on the pipe surface and recorded by the same type of
transducer at (6,,z=0) position can be written as

1 (@, 6,6, = u1D* (g, 6,6, + U2 (@, 6,6,
+u2%w,6,6,), (10)

where the positive u'""?* and negative u'"-?~ reflected waves
are

+
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and the direct transmit-receive signal 12 is given by
M(l’2)0 — E ameikmzl’zei(—m0,+m0,), a, =f—mfr;z (12)

m

lll. TOTAL FOCUSING METHOD FOR PIPE
IMAGING

The TFM for bulk wave imaging is usually formulated
in the time domain as a delay-and-sum algorithm.12 Because
of the pipe geometry, this simple approach cannot be applied
directly to pipe imaging. However, a delay in the time do-
main is equivalent to a phase shift in the temporal frequency
domain, and the TFM can also be formulated as a phase
compensation in the frequency domain. This form of the
TFM has the advantage that the dispersive properties of
guided waves can be easily taken into account. For example,
this method has been used for the guided wave inspection of
plate structures.?

In the case of a cylindrical waveguide, the phase com-
pensation approach is applied to circumferential modal am-
plitudes instead of transmit-receive signals.5 The conversion
of the raw transmit-receive data into the angular wavenum-
ber domain is performed by 2D Fourier transform with re-
spect to the circumferential positions 6, and 6, of transmitter
and receiver elements.® In order to satisfy the Nyquist crite-
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FIG. 1. The isolines of the function sin(27wAz/\ cos @).

ria, the angular interval between transducers A # must be less
than /m,,,, where m,, is the maximum angular mode
order. From Eq. (5), it follows that m,,,=kR and, therefore,
Ax < N\pin/2, where Ax=A6R is the transducer pitch and A\,
is the shortest wavelength of guided wave mode within the
frequency range of the transmitted signal. Using Eqgs.
(10)—(12), the extracted angular wavenumber spectra can be
written as
U2 = U’(;l;z)Jr + UE;',lz)— + UE,:,’,Z)O,

mn

l](l’z)i —ai eiikmzll,

mn — Ym,—n

UE)L;Z)O = (Sm,—nameikmz1’2 . (] 3)

The chosen configuration of the array (two transmitter
rings and one receiver ring) allows the simulation in post-
processing of the situation when only angular modes in the
positive axial direction are excited. This can be achieved by
the linear combination of the angular modes obtained from
the two transmit-receive data sets. The amplitude of the re-
sulting angular mode c,,, is given by

1 1 Z 1 Z
Cn = (U™ = e ). (14)

If there is no noise in the system and all parameters are
known exactly, then direct and “negative” reflected signals
will be totally suppressed. Using expression (5) for the an-
gular wavenumber k,,, the modal amplitude c,,, can be writ-
ten in the form

Coun = oy _,, SN K, AZ, (15)

where Az=z,-z, is the axial interval between the transmitter
rings.

In the framework of the approximate theory [formula
(4)], the axial wavenumber k,, is equal to 27/ \ cos ¢,,. Fig-
ure 1 shows the isolines of the function sin(27wAz/\ cos ¢)
as a function of the angle ¢ and the distance between trans-
mitters. Small values mean that, for given parameters, the
“positive” and negative modes cannot be separated. It can be
seen that the optimal value of Az is equal to A/4 and in this
case, almost all angular modes can be separated. Note that
for the CSM, the only incident mode is axisymmteric (i.e.,
incident angle is 0°), and the distance between transmitters
can be taken equal to (n+1/2)\/2 with any integer n.
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The modal amplitudes c,,, are subject to the phase shift
®,,=—(k,+k,)z—(m+n)0. Then the phase shifted
wavenumber-frequency domain spectra are summed over all
angular wavenumbers and frequencies to get an image I:

I( 0,2) — 2 (E cmnfmne—i(km+kn)z> e—i(m+n)6” (16)

mn \

where the coefficients f,,, represent an angular mode filter.
This filter can be taken as a function of mode angles, f,,,
=fun(@m>®,), for example, in the form of the Hanning filter
fmn=c0s @,, cos ¢,. It should be stressed that the filter f,,, is
optional and has the effect of reducing sidelobes in an image
at the expense of broadening the main lobe.

The sum over frequencies represents the back-
propagation of each angular mode and can be efficiently
implemented as a Fourier transform in the (k,,+k,)-domain
using a dispersion compensation algorithm.14 Note that the
velocity of each angular mode in the axial direction depends
on frequency, and the mode becomes more dispersive for
bigger angular orders m and n. The sum over m,n can be
considered as the main diagonal of the inverse 2D Fourier
transform of the back-propagated modal amplitudes.

The complete procedure for the TFM for pipe imaging is
as follows.

2D Fourier transform of transmit-receive data matrices to
extract the angular mode amplitudes.

 Linear superposition of the angular modes obtained from
the two transmit-receive data sets in order to suppress sig-
nals transmitted in the negative axial direction.

» Back-propagation of each angular mode (to obtain axial
resolution).

e 2D inverse Fourier transform of back-propagated angular
modes at each axial position. The circumferential defect
distribution (angular resolution) is given by the main diag-
onal of the output matrix of the inverse Fourier transform.

IV. NOISE SENSITIVITY OF THE IMAGING
METHOD

In practice, it is important for the imaging methods to be
stable with respect to errors in initial data. Stability means
that small errors in the initial data cause small errors in the
image.

In the analysis given below, the pipe end is used as a
reference reflector. If the incident mode is S, or SHy, then at
the relatively low frequencies, the plane stress approximation
can be used. In this case, the reflection of angular modes
from the pipe end is equivalent to the reflection of plane
waves from a free boundary. The detected amplitudes of an-
gular modes @, can be written in the form

Ay = O 5 (@) f e 20, (17)

where s(¢) is the reflection coefficient of a plane wave inci-
dent at angle ¢ at a free boundary and z. is location of the
positive and negative pipe ends. Using relationships (7) and
(8), this expression can be rewritten as

= 8ys,, € ki (18)

ml’l T

where coefficient s;l is given by
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+

Sy = kR|C +|f(qvm)s(¢m)f(¢;) (19)

A. Random noise sensitivity
Consider the true modal amplitudes Uf;f“
tude and phase errors:

with ampli-

~ (1,2)
U(1,2)+ (1 2) +(1 +q (1 2))elfmnz i (20)

mn mn

where 5(1’2)+ is the modal amplitude corrupted by the ampli-

tude and phase errors g{(1 2) and os(1 % Tt is assumed that these
errors are independent and have normal distributions with
standard deviations o, and o, respectively.

To characterize the stability of the imaging method, the
standard deviation oy of the image can be taken.'>!® Using a
method of calculation similar to that given in Ref. 15, it is

possible to show that for the function

G= Z gmn(l + qmn)eismn’ (21)

m,n

the standard deviation is given by

o= \/<a§+ 1= gl (22)

m,n

It is assumed that the maximum image amplitude /,,, is
reached at the nominal center of the reflector (6,,z), i.e.,
I.x=1(8y,zy). From Eq. (16), it follows

max

lw)=, Ay, _ofn sin(k,,Az)e” kmtk)2og=ilmsmby —(23)
m,n

Using formula (22) and relationship (14), the standard
deviation of the image at a particular frequency can be writ-
ten as

o(w) = Jwﬁ, 1= |, ol (24)

m,n

Since the majority of energy is concentrated in the vi-
cinity of the center frequency w, of the transmitted signal,
the relative noise level &; can be estimated by the ratio

o (@)
[1(wo)|”

= (25)

To estimate the random noise level for a real reflector,
scattering from the pipe end wall is considered. It is assumed
that transducers are omni-directional and the Hanning filter
S 18 applied. Using formulas (18) and (19), and supposing
that o,=0.,=0<1, the following expression for the & can
be obtained:

8 =od(w,Az,R),
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d(w,Az,R) =2

. Az
> s(@,,)cos ¢, sin ZWTCOS Om

m

(26)

Note that the reflection coefficient s(¢) does not depend
on frequency. From Eq. (26), it follows that for a constant
value of Az/\, the function d ~N~Y2, where N is the number
of circumferential modes. Expression (5) shows that N
=2kR=2Rv~'w, where v is the mode velocity and, therefore,
d~ (wR)™".

The calculations show that at each frequency, the func-
tion d has a minimum at Az/A=0.25. For example, for 12-in.
diameter steel pipe, S, incident mode at 200 kHz, and
Az/N=0.25, the function d=0.2. Therefore, if the random
noise amplitude 0=0.05, then the relative noise due to the
random errors is less then —40 dB.

Note that one source of the random errors is uncertainty
of the signal strength from each transducer. The estimation of
the noise amplitude in the image due to the coupling errors
for the CSM has been performed by Davies and Cawley.6 It
has been shown that the CSM is very robust against the most
extreme levels of coupling errors likely to be encountered in
practice (£50%). However, for the array configuration con-
sidered in the current paper, coupling errors can be compen-
sated for in post-processing. Indeed, the first signal detected
by each receiver is the direct transmit-receive signal [Eq.
(12)]. The amplitude of this signal can be obtained theoreti-
cally by either an exact model'” or the approximate theory
for large diameter pipes.7 Then, taking any transmit-receive
signal as a reference, the amplitudes of all other transmit-
receive time-traces can be corrected based on the model data.

B. Coherent noise sensitivity

Apart from random noise, there is also coherent noise in
the image caused by the waves propagating in the negative
axial direction. The suppression of the negative signals de-
pends on the exact knowledge of the parameters of the sys-
tem such as the interval between transmitters and the wave
velocity. It is also assumed that the transmitter ring is not
tilted. In practice, all these parameters are known only with
some fixed precision. As a result, negative waves are not
totally suppressed and appear as artifacts in the image. The
biggest amplitude of the artifacts corresponds to the biggest
reflector located in the negative direction. An estimation of
the coherent noise can be obtained using the approximate
theory for thin pipes and assuming that the biggest reflector
is a pipe end wall.

1. Interval between transmitters

If the error in measurement of the interval between
transmitters is Jz, then the modal amplitudes c,,,, defined by
expression (14), have additional terms caused by the uncom-
pensated negative waves. For the negative reflected wave,
this term is given by
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&mn — la_ (eikm(z1+22) _ eikm(z2+21)) , (27)

2i ™"
where 7, ; and Z; , are the exact and approximate axial posi-
tions of the transmitter rings, respectively,

=31+ Az, =7 +Az+ 8. (28)

Expression (27) becomes

o, =a

m,—n

okm(z1+21+42) 8, &8,= %(eikm& -1). (29
1

In the case of scattering from the pipe end, the modal
amplitudes a,,, are given by expression (18). It can be seen
that the negative pipe end appears in the image at zo=~—z_
+2,+0.5Az. For a small error 6z<<1, the relative noise am-
plitude can be approximately estimated as

0. 1
o= 7T_Z

N —. ( Az) . (30)
sin| 27—
N

For example, if Az/N=0.25, then, to keep noise level
below —40 dB, the error in axial position has to be less than
0.0032\. If mode of interest is Sy, then at 200 kHz, the
wavelength is 26 mm and 0.0032A=0.08 mm. It is impos-
sible to achieve such precision in practice. However, this
error can be removed fairly easily in post-processing by it-
eratively adjusting the value of Az to minimize the amplitude
of the artifacts caused by features in the negative axial direc-
tion.

2. Tilting of transducer ring

If a ring of transmitters or receivers is tilted, then the
axial position of each transducer depends on its circumferen-
tial location 6. If the nominal axial position of the transducer
ring is z, then the axial transducer coordinate in a tilted ring
is z+€(6), where e=¢, cos(6—6,). In this case, the Fourier
transform of the transmit-receive data gives corrupted angu-
lar wavenumber spectra. Each extracted amplitude of a par-
ticular angular mode is represented by the superposition of
all angular modes. For example, the extracted amplitudes
corresponding to the positive and negative reflected waves
are given by

p2= =ai’_n€:ik”’zl’2+ 5U;(nl;12)i' (31)

mn
The additional terms 5Ufnll’12)i are caused by the tilting and
are given by

(1,2)*= _ + Fikyyzy 2 T +
5umn - 2 am’,—ne Im'me fmm’
’
m

1 - .
S i(m-m")0,( =*ik, e
= e e="me—1), 32
o e ) (32)
where N is the number of transducers around the pipe.
Using expression (18) for the pipe end reflection, the
terms in the modal amplitudes c,,, corresponding to 5Ufnl”12)i
can be written as
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(33)

The term &c;,, results in blurring of the positive image, while
the term dc,,, gives an artifact of the negative pipe end wall
at about zp=~-z_+2z,.

In order to get a quantitative estimation of the relative
noise level, the calculations were performed for the S, mode
transmitted and detected by omni-directional transducers.
The transmitted signal was a 5 cycle Hanning windowed
toneburst with a center frequency in the range from 50 to 200
kHz. The amplitude of the artifact depends on a number of
parameters: error amplitude €, interval between transmitters
Az, pipe radius, location of the end wall z_, and center fre-
quency of the transmitted signal.

For small errors (e,=10 mm), the amplitude of the
noise is directly proportional to €,. It was found that in the
frequency interval considered and with Az/\ held constant,
the noise amplitude is also nearly constant with frequency.
Figure 2(a) shows the noise amplitude as a function of Az/\
for a 12-in. diameter pipe, €y=1 mm, and z_=-1 m. It is
seen that the maximum noise corresponds to Az=0.5\. The
dependences of the noise on the pipe radius and negative
pipe end location for Az/\=0.25 are shown in Figs. 2(b) and
2(c). The noise level slightly varies with the pipe radius and
rapidly decreases with increasing distance between the nega-
tive pipe end and the array.

3. Wave velocity

The artifacts caused by the uncompensated negative
waves also appear in an image if incorrect material proper-
ties are used to compute the dispersion curves. In this case,
the additional term in the mode amplitudes c,,,, which cor-
responds to the negative reflected waves, is given by

1 P -
S, = 5a;l’_ne(k,,ﬁkm)zl(ezkmAz _ elkmAz) , (34)

where l:m and Az are the theoretical mode wavenumber and

interval between transmitters used in the imaging method.
In the framework of the plane stress approximation, the

phase velocities of the S, and SHy, modes are constant. If the

relative velocity error of the mode of interest is €, then k
=k(1+€)~'. From Eq. (34), it follows that the negative axi-
symmetric mode can be suppressed (i.e., 8cy=0) if the value

Az=(1+¢€)Az is taken. Below, it is assumed that Az is first
adjusted (in processing) to minimize the amplitude of the
artifacts caused by features in the negative axial direction.

To estimate the noise amplitude, the numerical calcula-
tions for the pipe end reflection were performed with the
same parameters as in the previous paragraph. For small er-
rors (€<0.01) the noise amplitude is directly proportional to
e. If Az/\ is held constant, then the noise amplitude is al-
most independent of frequency and the location of the nega-
tive pipe end. The dependence of the noise on the interval
between transmitters exhibits behavior similar to the noise
caused by the tilting error [Fig. 2(a)].
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FIG. 2. The dependence of the noise amplitude caused by the tilting of
transmitter ring on (a) interval between transmitter rings, (b) pipe radius,
and (c) location of the negative pipe end wall. Amplitude is in decibels
relative to the image amplitude of the positive pipe end wall.

The above analysis of the sensitivity of the imaging al-
gorithm to noise shows that the relative noise level in an
image critically depends on the distance Az between trans-
mitter rings. The optimal Az is always less than a quarter of
the wavelength Az/A=0.25. In the interval 0=Az/\
=0.25, the random noise decreases with the Az/\, while the
coherent noise increases. Thus, the best value of Az/\ de-
pends on the relative size of different errors and the random
noise level. However, in practice, the value Az/A=0.25 can
be recommended. It has been shown that in this case for
typical errors, it is possible to keep the total noise level be-
low —40 dB relative to an end wall reflection.

V. DETECTABILITY AND SIZING OF DEFECTS
A. Detectability of imaging method

It has been shown in Sec. IV that it is possible to achieve
—40 dB noise level relative to an end wall reflection. This
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FIG. 3. The image amplitude (relative to the image amplitude of the pipe
end wall) for a through thickness crack as a function of crack orientation and
crack length.

means that any defect with an image amplitude greater than
—40 dB relative to a pipe end can be detected.

To illustrate the minimum defect size that can be de-
tected, a crack-like defect is considered. The general problem
of diffraction of guided waves by a crack in a pipe can be
solved only by direct numerical methods (e.g., finite element,
boundary element, or finite difference methods). However,
for a through thickness defect with a constant profile through
the plate thickness, the plane stress approximation described
in Sec. IT A can be used. Such a defect is fully described by
its 2D shape at the pipe surface, and mode conversion occurs
between the S, and SH, modes only. Therefore, the three-
dimensional problem of diffraction of guided waves reduces
to the problem of bulk wave scattering in an infinite 2D
media. For example, in the case of a circular hole, the known
analytical solution can be used."® If the defect is a crack, then
the diffraction problem can be solved by the fast semi-
analytical technique, developed in Ref. 19, which is based on
a boundary integral equation method.

The detectability of the imaging method is characterized
by a detectability map. Such a map represents the amplitude
of the defect in an image relative to the biggest reflector as a
function of defect parameters. For a through thickness crack,
these parameters are crack length and crack orientation. As a
reference reflector, a pipe end is taken. Note that in an ideal
pipe, angular modes propagate along the pipe without attenu-
ation and beam spreading and, hence, the detectabilty is in-
dependent of defect location

Figure 3 shows the predicted image amplitude for a
through thickness crack as a function of crack orientation
and crack length. The calculations were performed for a 12-
in. nominal diameter steel pipe and omni-directional trans-
ducers, which excite and detect the S, mode at the 200 kHz
center frequency. The distance between transmitter rings is
taken to be equal to N/4, where \ is the S, wavelength at the
center frequency. A crack angle of 0° corresponds to a cir-
cumferential crack orientation. Assuming a defect threshold
of —40 dB, it can be seen that the TFM allows the detection
of through thickness cracks of any orientation over 0.05\
(1.3 mm) length.

Using analytical formulas for the scattering of bulk
waves from a cylindrical hole,18 the calculation of image
amplitude for through thickness holes of different diameters
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FIG. 4. The image amplitude for a through thickness hole (solid line) and a
circumferential crack with the length equal to the hole diameter (dotted
line). Amplitudes are in decibels relative to the image amplitude of the pipe
end wall.

was performed; the result is shown in Fig. 4. For compari-
son, the image amplitude of a circumferential crack with a
length equal to the hole diameter is also shown in the same
graph. It is seen that the two curves are almost identical.
Note that if the diameter of the hole is less than 0.3\, the
image amplitude very rapidly decreases.

B. Defect sizing

The size of a crack can be characterized directly from
the image by the full width at half maximum (FWHM).? In
the case of a circumferential crack, this parameter is defined
as the circumferential width of the image of the crack mea-
sured between the positions where the image is half of its
peak value. Figure 5(a) shows the images of a I\ length
circumferential crack and a crack at 40° orientation obtained
from the modeling data with the same system parameters as
above. The location of the crack center for the circumferen-
tial crack is given by the position of the maximum of image
amplitude. If the crack is inclined at some nonzero angle,
then the maximum of the image does not coincide with the
crack center. For example, the image of the crack inclined at
40° has two local maxima, which correspond to reflections
from the crack’s tips.

The circumferential profiles of the cracks at the position
of the maximum of the images of the cracks are shown in
Fig. 5(b). It can be seen that the FWHM for the crack at 40°
orientation is smaller than for the circumferential crack. So,
the FWHM defined in such a way depends on the crack
orientation.

Figure 6 shows the FWHM as a function of orientation
and length of crack. It can be seen that the FWHM gives an
estimate of crack length for cracks over approximately A
length and inclined at up to 20°. Although the FWHM is not
a linear function of crack length for subwavelength cracks, it
is still monotonically related to the crack length and can still
be used for sizing of cracks over 0.5\ length.

In the case of a through thickness hole, the calculations
show that the FWHM does not depend on the hole diameter
and is always about 0.7\.
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FIG. 5. (a) Image of 1\ length through thickness cracks in 12-in. diameter
steel pipe inclined at 0° and 40°. Amplitude is in decibels relative to the
image amplitude of the pipe end wall (shown in the image). (b) Circumfer-
ential profiles of the cracks at the position of the maximum image amplitude
[dotted lines in (a)].

VI. EXPERIMENTAL RESULTS
A. Apparatus

Instead of a full transmitter-receiver array, a transducer
manipulator manufactured by Phoenix Inspection Systems
Ltd. (United Kingdom) was used. The manipulator allows
the synthesis of the performance of any array by mechanical
scanning of two transducers. A schematic diagram of the
experimental set-up is shown in Fig. 7. The manipulator for
each transducer consists of a mounting ring, circumferential
and axial motors, and a transducer mounting. This provides

-
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FIG. 6. FWHM as a function of crack length and crack orientation.
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FIG. 7. The schematic diagram of pipe scanner configuration.
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each transducer with 360° circumferential movement and
about 100 mm of axial movement. Using one transmitter and
receiver, any array configuration can be simulated. The ma-
nipulator was operated using a personal computer (PC) con-
troller. The acquired data were exported to a PC and all
post-processing was performed using MATLAB (The Math-
Works, Inc., Natick, MA).

All experiments were carried out on a 12-in. diameter
schedule 10 s (4.57-mm wall thickness) stainless steel pipe.
The transducers were omni-directional EMATs designed to
excite and detect the S, Lamb wave mode in metallic plate
up to 10-mm thick."" The transmitted signal used was a 5
cycle Hanning windowed toneburst with a center frequency
of 200 kHz. At this frequency, the wavelength of the S, mode
is 26 mm. The circumferential interval between transducer
positions was taken equal to half of the wavelength at the
central frequency, which resulted in 80 circumferential trans-
ducer positions. The pipe was 3 m in length, the distance
between receiver ring and the negative end wall was 0.9 m,
and the distance between receiver and transmitter rings was
0.4 m.

B. TFM results

To illustrate the sensitivity of the imaging method to
noise, two experiments were carried out. In the first experi-
ment, a through thickness 9-mm-diameter (0.3\) hole was
drilled, and the axial distance between transmitter rings was
set to 0.75\. In the second experiment, three more defects
were made: a 2-mm-diameter (0.08\) through thickness
hole, a 2-mm-diameter half-thickness hole, and a 6-mm
(0.23\) through thickness slot inclined at 30° to the circum-
ferential direction. The axial distance between transmitter
rings in this case was equal to 0.25\. The TFM images are
shown in Figs. 8(a) and 8(b). The axial distance is measured
from the location of the second transmitter ring at z=z, as
the area of interest of the pipe is z>z,.

The image of the hole has the same amplitude in both
cases. However, as was predicted by the noise sensitivity
study, in the case of the 0.75\ transmitter interval, there is
coherent noise caused by the unsuppressed negative waves.
The artifact caused by the reflection from the negative pipe
end is located at about z=0.9 m (1.3 m from the receiver
ring) as predicted and has an amplitude of about —25 dB
relative to the positive end wall. The second artifact is
caused by the direct transmit-receive signal. It is located in
the vicinity of z=0 and has an amplitude of about —15 dB. If
the interval between transmitters is .25\, then the total
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FIG. 8. (a) TFM image for the pipe with 9-mm-diameter through hole and
0.75\ axial transmitter interval. (b) TFM image for the pipe with multiple
defects and 0.25N\ axial transmitter interval. Signals 1-4 correspond to
2-mm-diameter through hole (signal 1), 9-mm-diameter through hole (signal
2), 6 mm, 30° slot (signal 3), and 2-mm-diameter half-thickness hole (signal
4).

noise level is below —40 dB relative to the end wall reflec-
tion, and all four defects are clearly visible in the image.

For the 2-mm-diameter through thickness hole, the ex-
perimental image amplitude is —20 dB and the FWHM is
0.8\. The corresponding calculated values are —24 dB and
0.7\. However, as mentioned before, for small holes, the
image amplitude changes very fast with the hole diameter
(Fig. 4). Therefore, even a small error in the modeling pa-
rameters (such as material properties) may cause a big dis-
crepancy between modeling and experimental results.

In the case of a 9-mm-diameter hole, the experimental
image amplitude and the FWHM are —13 dB and 1.2A, re-
spectively. On the other hand, the model gives —9 dB for the
image amplitude and 0.7\ for the FWHM. This difference
between experimental and theoretical results can be ex-
plained by the fact that for a hole, a significant contribution
to the image amplitude is given by the higher order circum-
ferential modes. However, higher order modes are increas-
ingly dispersive. In practice, the material properties are
known only approximately and focusing of these modes
based on the dispersion compensation algorithm becomes
worse for reflectors located far from the array.14 This results
in spreading of the processed signal in space, i.e., in reduc-
tion in the image amplitude and increasing of the size of the
image.

The measured image amplitude and FWHM parameter
for the 6-mm slot are approximately —11 dB and 0.9\, re-
spectively. This is in reasonable agreement with the theoret-
ical prediction, which gives values of —11 dB for the image
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amplitude and 0.7\ for the FWHM. However, as the slot is
less than 1 wavelength long, its sizing cannot be performed
directly from the image based on the FWHM. In this case in
order to estimate its size, more advanced methods are needed
(for example, the vector total focusing method?).

The image amplitude for the 2-mm-diameter half-
thickness hole is —28 dB and, hence, this defect is close to
the sensitivity limit.

VIl. CONCLUSION

The total focusing method, which allows an array to be
focused at every point on a pipe surface in both transmission
and reception, has been applied to pipe imaging. The tech-
nique is based on circumferential mode decomposition of the
full matrix of transmit-receive data and linear superposition
of extracted circumferential modes in the frequency domain.
The sensitivity of the method to random and coherent noise
has been studied.

The imaging algorithm has been experimentally tested
on 12-in. diameter steel pipe using S, EMATs at 200 kHz
excitation frequency. The results show that a 2-mm-diameter
(0.08 wavelength) half-thickness hole can be detected.
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Analytical modeling of piezoelectric ceramic transducers based
on coupled vibration analysis with application to
rectangular thickness poled platesa)
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The energy method for analyzing piezoelectric ceramic transducers [B. S. Aronov, J. Acoust. Soc.
Am. 117, 210-220 (2005)] is applied to the treatment of transducers with mechanical systems that
can be considered as two-dimensional. Analysis is made following the general outline of the theory
of coupled vibration in two degrees-of-freedom systems and its extension in calculating the
resonance frequencies of elastic bodies, as suggested by Giebe and Blechschmidt [ Ann. Physik, Ser.
5 18, 417-485 (1933)]. The approach to the problem is illustrated with examples of piezoceramic
rectangular thickness poled plates. The resonance frequencies and effective coupling coefficients are

presented as functions of the plates’ aspect ratio.

© 2009 Acoustical Society of America. [DOI: 10.1121/1.3242342]

PACS number(s): 43.38.Ar, 43.38.Fx, 43.38.Pf, 43.30.Yj [AJZ]

I. INTRODUCTION

Mechanical systems of piezoelectric ceramic transducers
are composed of elastic bodies of finite size. A rigorous gen-
eral analysis of the vibration of finite-size elastic bodies for
the design of transducers is difficult. Although computer
simulations of the mechanical and electrical behavior of the
transducers have been made (see, for example, Ref. 1), the
trial and error approach to the development of such transduc-
ers based on intuitive conceptions remains widespread.
Therefore, having a simple approximate method that enables
one to determine transducer parameters with a reasonable
level of accuracy and gives a physical clear insight into the
process of optimizing the parameters would be helpful.

The objective of this paper is to provide a simple means
for calculating vibration of the mechanical system of piezo-
electric transducers as two-dimensional and for estimating to
what extent one-dimensional approximations are applicable
within a prescribed accuracy.

Such a convenient approach in designing transducers
can be developed based on the energy method for analyzing
piezoelectric ceramic transducers” and following the general
outline of the theory of coupled vibrations in two degrees-
of-freedom systems and its extension in calculating reso-
nance frequencies of elastic bodies, as suggested by Giebe
and Blechschmidt.’

A brief outline of theory of coupled vibration in two
degrees-of-freedom systems can be presented as follows. In
general the energy state of a system that can be represented
as a combination of two partial systems undergoing coupled
vibrations can be characterized by the set of equations

“The results of this work were reported in part at the 156th Meeting of the
Acoustical Society of America [J. Acoust. Soc. Am. 124, 2551(A) (2008)].
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Woo = S(K1E + 2K 0616 + Kn)),

Wkin=%(M11€%+2M125152+M22§§), (1)

where ¢ are the generalized coordinates (usually displace-
ments in the case of mechanical systems), K;; and M;; are the
equivalent rigidities and masses of the partial systems that
remain if one of the generalized coordinates is set equal to
zero, and Ky, and M, are the parameters that characterize
the elastic and inertial coupling mechanism between the par-
tial systems. If the coupling is assumed to be purely elastic,
then M,=0.

The frequency equation for the system can be derived
from Eq. (1) using Lagrange’s equations as

(2, =)= 1) = (oo + Vil =0, 2)

where f;,=(1/2m)VK;;/ M; are the partial resonance frequen-
cies and =K,/ VK Ky, and y,,=M 5,/ VM ;M , are the co-
efficients of elastic and inertia coupling between the partial
systems (coupling factors). Thus, the resonance frequencies
of the system can be found from Eq. (2) so far as the as-
sumptions are made regarding the partial mechanical systems
and the coupling factors between them.

It is instructive to illustrate this technique with a typical
example of two degrees-of-freedom mechanical system,
shown in Fig. 1, having lumped parameters. Masses M and
M, vibrate on the springs with the stiffness constants K; and
K, in the vertical direction. The configuration of the system
is completely defined by displacements &, and & of the
masses. The partial systems are as follows: at &=0 the
mass M, vibrates between springs K; and K, having a com-
bined stiffness K;+K, and at £ =0 the mass M, vibrates on
the spring K,. The partial resonance frequencies are fi),
=(172m)\(K+K>)/M; and f,,=(1/2m)VK,/M,, respec-
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FIG. 1. Illustration of two degrees-of-freedom mechanical system with
lumped parameters.

tively. After calculating the potential and kinetic energies of
the system it is found that M{,=0 and K;,=-K,. Thus, the
coupling between the partial systems is elastic, and the cou-
pling factor is y,=—+\K,/(K;+K,). Now the resonance fre-
quencies of the mechanical system can be found from Eq.
(2). It is noteworthy that the solution obtained is exact to the
extent that the masses and springs can be considered as ele-
ments with lumped parameters, i.e., that they hold only ki-
netic and potential energies in the course of vibration, re-
spectively.

Giebe and Blechschmidt® suggested applying the cou-
pling theory to determine the resonance frequencies of pas-
sive isotropic elastic bodies of certain configurations (rectan-
gular plates and rectangular rods, as well as solid and hollow
cylinders). Their approach to the problem is based on the
assumptions that (a) vibration of a real elastic body may be
represented as the coupled vibration of the partial one-
dimensional systems, to which the real body approaches at
the extreme values of its aspect ratios, and (b) the mode
coupling factors may be selected in such a way as to yield
the known resonance frequencies for the extreme one-
dimensional systems (so called “hypothesis of Giebe and
Blechschmidt”). Thus, for example, the extensional vibration
of a rectangular plate was considered as a coupled vibration
of two bars, as shown in Fig. 2, with inertia coupling be-
tween them. For this case the partial resonance frequencies
are f1p=(1/2L1)V/m and f,,=(1/2L)\NY/p (only the first
resonance modes of vibration are presented for simplicity),
and the coefficient of coupling is chosen as y,,=o (here Y, o,
and p are Young’s modulus, Poisson’s ratio, and density).
It is easy to verify that with the coupling factor chosen in
this way, the resonance frequencies of the plate obtained
from Eq. (2) at =0 are f,=f,, and f,=f,,/ V1-¢? for the
extreme cases of L;—0 (thin bar of the length L,) and
L, — < (infinitely long strip vibrating through its width L,).

The analogous approach was used by Onoe and
Tiersten® to determine the resonance frequencies for piezo-
electric ceramic bodies having the same geometry. While
their approach is only approximate, it does give simple ex-
pressions for the resonance frequencies vs aspect ratio of
elastic bodies considered in Refs. 3 and 4 (L,/L, in the case
of an isotropic rectangular plate), which prove to be in good
agreement with experimental data reported in Ref. 4 at least
for the lowest branch of the frequency spectrum.
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FIG. 2. Drawing of a rectangular plate (a) considered as a coupled vibration
of two rods and (b) shown at extreme aspect ratios.

Although the Onoe and Tiersten results are sufficiently
accurate for determining the resonance frequencies of piezo-
electric bodies, the technique used was not and cannot be
directly applied in calculating the electromechanical param-
eters of transducers. Moreover, it cannot be applied to treat-
ment of transducers as electroacoustical, i.e., under the action
of acoustical loads, because this requires knowing how the
modes of vibration of piezoelement change vs their aspect
ratios. For this purpose the coupling theory approach needs
to be modified. This can be done by employing the energy
method for the treatment of electroacoustical transducers.
For the application of the energy method it is crucial that the
assumed modes of displacement in the mechanical system of
the transducer are chosen appropriately. If the modes of dis-
placement are assumed to be the same as those suggested for
the partial systems, then all of the transducer parameters can
be determined using the energy method, as previously de-
scribed in Ref. 2.

This approach to the treatment of the coupled vibrations
in the piezoelectric ceramic transducers is illustrated with an
example of the electromechanical transducers in the shape of
thin rectangular piezoceramic plates poled through their
thickness, which can be regarded as a two-dimensional prob-
lem.

Il. THICKNESS POLED THIN PLATE (STRIP)

Consider the vibration of a rectangular ceramic plate.
The geometry of the plate is shown in Fig. 2(a). The z (3)
axis is in the direction of polarization and is perpendicular to
the fully electroded surfaces. We assume that the thickness of
the plate ¢ is much smaller than its lateral dimensions L; and
L,, and therefore the boundary condition can be imposed that
the stress 73=0. We are interested in the dependence of the
plate’s parameters on its aspect ratio, L,/L,. In the coupling
theory alpproach3 the partial systems for a rectangular plate
were chosen in the shape of thin rods having lengths L; and
L,. Thus, if to take into consideration only the fundamental
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modes of the rod vibration, which is the case in this paper,
the partial distributions of displacement in the plate may be
represented as

& =& sin(my/Ly), & =& sin(my/L,). (3)

The corresponding distribution of displacement and strain in
the plate will be

&(x,y) = & sin(mx/Ly) + & sin(my/L,), (4)

Sl = fl(W/Ll)COS(WX/Ll), S2 = 52(77/142)005(77'}7/142).

)

For the boundary condition 753=0 it is convenient to use the
piezoelectric equations specified in the form®

E E

Sy=s11Ty + 51,15+ d3 B,
E E

Sy =571 + 57,15+ d3 Ej,
E E

S3=s73T1 + 51315 + d3Es,

D3=dy (T, +T)) + 83T3E3~

After converting Eq. (6) to the form with the strains as inde-
pendent variables, the following expressions will be ob-
tained.

For the stress at E3=0,

TE 0_2 (Sl + 0'1S2)
(7)

where the notations Y,=1/s}, and oy=—(s},/s},) are intro-
duced.

For the strain in the z axis direction at E;=0 we obtain

S3=—]_—(S1+Sz) (8)

And for the charge density we obtain

Dy =D5(S},5,) + e3}2E;, 9)
where

DE(Sl’Sz) Yid, (Sl S5). (10)

ey =e55(1 - k). (11)

In Eq. (11) €312 is the dielectric constant at §;=5,=0 and k,
is the planar couplmg coefficient of the piezoceramic mate—
rial.

Following the procedure of employing the energy
method,” the energies associated with plate vibration should
be determined.

The potential (mechanical) energy calculated at E5=0 is
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1 _
WE = 5J~ (T5S, + T58,)dV
\4

21—0‘2,f (S2+208,5,+ S3)dV. (12)

Here V is the volume of mechanical system. After substitut-
ing expressions (5) for the strain and integrating over the
volume of the plate we obtain

Wi = 3(K & + 2K 616, + K5 8), (13)
where
K, = Yt L Ky = Yt Ly K12=M.
2(1- o) Ly 2(1-07) Ly -0t
(14)
The kinetic energy of a vibrating plate is
Wom 2| @+Ee B 13

where p is the plate’s density and éx, éy, and éz are the ve-
locity distributions along the coordinate axes. Velocity f~ can

be found from Eq. (8) as & =&=S;z. Thus, the velocity of
the plate’s surface vibration is

ot

Ex=- Z(TO'I)(S1+S2) (16)

Note that the velocity ézg, being relatively small compared
with velocities in lateral directions, is important for measur-
ing the mode shapes of the plate vibration. This is the quan-
tity that determines the acoustic field in the case that a later-
ally vibrating plate is used for radiating in the z direction.

After integrating over the volume of the plate, the ki-
netic energy can be represented as

Wkin=%M11§%+M125152+%M2253, (17)
where
M ot
My =—|1+ 272 |
2| T R0-L
u M ot
=1+ ———— |,
) 12(1 - 0?12
2730 - o)LL,

In these relations, M =L,L,tp is the mass of the plate. So far
as r<<L,,L,, the contribution of the terms with factors 12/ L2
is negligible and

M11=M22=M/2, MIZEO. (19)

Comparing expressions for the potential energy Wﬁ by
formulas (13) together with Eq. (14) and for the kinetic en-
ergy Wy, by formulas (17) together with Eq. (18) and the
general expressions (1), we arrive at the following conclu-
sions. In the case under consideration the partial system, de-
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termined by the condition that & =0 or S;=0, as shown in
Fig. 2(b) at L; — o, constitutes a strip that is infinite in the x
direction and vibrating along its width L,. Similarly, another
partial system (at &=0) is the strip that is infinite in the y
direction and vibrating along dimension L;. [Note that a bar,
which represents another extreme case at L;— 0 shown in
Fig. 2(b), does not coincide with the partial system at &=0.]
The partial resonance frequencies are

PN T A S,
"“omN'm T2, Npi-o?) T

The coupling between the partial systems is elastic with the
coupling factor

=£=& (21)
VK 1K)

i)
(the subscript k will be further omitted). For PZT-4
0,;=0.33 and y=0.27.

The electrical energy of a transducer at §;=5,=0 is

Yk

1 ~ 1
W= [ eertav= Ty @)
Vv

where C3]2=g312L,L,/1 is the capacitance of a transducer at
$,=8,=0, and s%’z is given by formula (11).
The electromechanical energy of a transducer is

1 _
W, = 5 f D5(S,,S,)ExdV. (23)
1%

After substituting expression (10) for Df and integrating
over the volume, it will be obtained as

Wem = 5 V(& +1y6)), (24)
where
2Y,dy L 2Y,dy L
n, = 1431 2’ n,= 1431 1- (25)
1 - (Tl 1 i 0-1

After all the energies associated with the functioning of
the transducer as an electromechanical device are deter-
mined, Lagrange’s equations, which describe its vibration,
can be obtained, as was done in Ref. 2. Lagrange’s equations
can be represented in the following form without taking into
account the energy losses and external loads:

(oM + K /jo)U, + (Kl jo)Uy=n,V,

(K1 jo)Uy + (joMy + Kyl jo)Uy = nyV. (26)

Here U;=jwé and the time dependent factor ¢/ is omitted.

It is not essential to consider the losses or the external
loads for illustrating the coupled vibration analysis. When
necessary, they can be introduced in Lagrange’s equations in
exactly the same general way, as it is described in Ref. 2.

In order to determine the resonance frequencies and the
resonance mode shapes of the transducer, we first consider
its free vibration. After some manipulations of Eq. (26) at
V=0, we obtain

(f1, =AU + (KoK, )f1,U> =0,
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FIG. 3. Resonance frequency dependence on aspect ratio for lower (1) and
upper (2) frequency branches (solid, calculated; dashed, Refs. 3 and 4; and
markers, measured).

(Kio/Kn)f3,Us + (f5, = U, =0. (27)

The frequency equation follows in the form of Eq. (2), from
the set of Eq. (27) where 7,=0, and the elastic coupling
factor is defined by Eq. (21).

The dependence of parameters of a transducer on the
ratio of the plate dimensions may then be determined. We
assume for definiteness that the dimension L, (i.e., f5,) is
kept constant and L, changes. After denoting f2/ f§p=Q as
the normalized non-dimensional resonance frequency factor
and (f,,/f1,)=P as ratio of the partial frequencies, Eq. (2)
may be transformed to

Q- (1+1/8HQ0+(1-)/p*=0. (28)

From this equation two resonance frequency branches corre-
sponding to the solutions {); and (), may be found as func-
tions of the aspect ratio for the plate (for a uniform plate
B=L,/L,). We will use the convention that {};(3) forms the
lower and ),(B) the upper frequency branch. For PZT-4
y=(8/7)0,=0.27. The frequency dependency calculated at
this value of the coupling factor is shown in Fig. 3 as solid
lines. It is clear from Fig. 3 that (); <1. From Eq. (28) at
B=1 it follows, in particular, that

1+
Q=1+, —2=———7 (29)

Ql=1—'y, = .
R I

After the resonance frequencies are determined, the cor-
responding mode shape factors, which will be defined as

ms; = (U)/U) 0=0,= (§1/&)u 0=0, =12, (30)

may be found from the set of Eq. (27). Namely,

K 1
msy=— 2 (31)
Ky1-Q,p

It follows from expressions (21) and (14) that
(K\2/K;1)=7yB. Thus, Eq. (31) can be represented as

B
ms; =— l—y—Qlﬂz (32)
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FIG. 4. Dependence of the mode shape factors on aspect ratio for lower (1)
and upper (2) frequency branches (solid, calculated; dashed, calculated us-
ing y=o0, following Refs. 3 and 4).

The dependence of the mode shape factors on the aspect
ratio 8 is shown in Fig. 4. It follows from the figure that, at
frequencies pertaining to the lower branch, the velocities U,
and U, are in anti-phase. In particular, it follows from ex-
pressions (32) and (29) at B=1 that ms;=—1 and ms,=1.
This means that at higher and lower resonance frequencies
the velocities have the same magnitude but are in-phase at
the higher frequency and are anti-phase at the lower fre-
quency.

The effective electromechanical coupling coefficient of a
transducer can be found from the relation’

keff ng
= , (33)
ke Wi2Wh

where the expressions for the energies W2, W32, and W,,,

are given by formulas (13), (22) and (24), respectively. The
expressions for the energies W and W,,, can be modified as

m

follows by using the mode shape coefficients:

1 2K K
an = —K22§§(1 + lzmsi + Jms?)
2 Ky Ky

2
= lI<'2‘T22§2(,l32+2)/,8ms,»+ms?), (34)
Lo v
em — n2§2 IIlS +1 2 (m +B) (35)
ny

Substituting expressions (22), (34), and (35) into relation
(33) results in

ket n (ms; + B)*
effz =75 : 2 5> =AemAi(B). (36)
l—ki;  Col?Kypyms; +2ypms; + B

The right side of relation (36), for a given coupling factor 7,
can be represented as a product of two factors, one of which,
Aem=n§/C§11’2K22, depends on the electromechanical proper-
ties of a transducer only and the other, A;(8), is a function of
the aspect ratio
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FIG. 5. Dependence of the effective coupling coefficients on aspect ratio for
the lower (1) and upper (2) resonance frequency branches (solid, calculated;

dashed, calculated using y=o, following Refs. 3 and 4; and markers, mea-
sured). Values are normalized to the effective coupling coefficient for a bar.

(ms; + B)°
msi2 +2yPBms; + B

A(p) = (37)

After substituting expressions for the parameters K, Cel 2,

and n, given by formulas (14), (22), and (25), A.,, becomes

2 2
)
m= l+o 38
T CSKy, 772( 1)1—k2 (38)

For a transducer made from PZT-4 the factor A.,,=0.27.

Dependences of the effective coupling coefficients on
the aspect ratio for the upper and lower resonance frequency
branches are shown in Fig. 5. The coupling coefficients are
normalized to the effective coupling coefficient of a thin lon-
gitudinally vibrating side electroded bar, k., that repre-
sents the limiting case of the plate at 8— 0 and L, constant,
which is known® as

1
1+ (7%18)(1 = k3,)/k3,

It is interesting to estimate the relation of the obtained
solutions for the resonance frequencies and the coupling co-
efficients with known results for the limiting one-
dimensional configurations of the plate, which are a long bar
(at B— 0 and L, constant) and a long thin strip (at 8— o0 and
L, constant). It follows from Eq. (28) that

and for B—0 Q~(1/283)(1+B){1=[1-28%1-)]} and
0= 1-9),

Thus at B—0
fi=bp1=7 and  fo,— (/B =fi)-

Taking into account expression (20) for the partial frequen-
cies fi,, we arrive at the resonance frequency for an infinitely
thin bar of the length L,,

ketf bar — (3 9)

Q, — 1/ (41)
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FIG. 6. Photograph of the sets of plates with different aspect ratios used in
the experimental investigation of the paper. Set (a): r=1.1 mm, L,
=15 mm, B=2.0-0.3 and PZT-4. Set (b): t=1.8 mm, L,=12.7 mm, B
=2.0-0.3, and PZT-4. Set (c): t=1.0 mm, L,=2.8 mm, B=18-2.0, and
PZT-8.

_L na=»
TR PTErE “

and for an infinitely long strip of the width L,

1 Y,

=— ] —. 43
21, N p(1-07 )

g

Given that the exact value for the resonance frequency
of the bar should be f,,.=(1/2L,) VY,/p and that y=0.8107,
for PZT-4 (0,=0.33, y=0.27) we obtain f,=1.02f,. Thus,
the error of the current approach can be considered as neg-
ligible for the limiting case that 8— 0. For another extreme
case (long strip) the value of resonance frequency obtained
by formula (43) is exact. It is noteworthy that the exact value
of f1=fpa Would be achieved at y=0. Such a value of the
coupling factor was adopted in Ref. 3, though under the as-
sumption of inertial coupling.

In terms of the effective coupling coefficients obtained
from the two-dimensional and one-dimensional approxima-
tions, comparison of the values for the limiting cases of the
transducers in the shape of a bar and of a strip gives the
following results. Using expressions (32) for the mode shape
coefficients and Eq. (41) for the normalized frequencies (), at
B—0, we arrive at ms; ——vy8 and ms, — 1/ yB. From for-
mula (37) for A;(8) we obtain A;(8)3_o— (1-7)/(1+7) and
Ay(B)g_o— 1, respectively. Given that for PZT-4 A,,=0.27
and y=0.27, it follows from Eq. (36) that for a bar k.,
=0.32 and for a strip k.g,=0.45. Using the one-dimensional
approximation we obtain the results for a bar kg, =0.30
[by formula (39)] and for a strip ke gip=0.45. The effective
coupling coefficient for a strip is obtained from formula (39)
after substituting k3; by kj,, which is known from Ref. 5
as the coupling coefficient at the boundary conditions that
are experienced by a ceramic material in the thin strip geom-
etry (T3=0,5,=0). According to Ref. 5 kj;=(ks;/\V1-k3,)
X(y(1+0y)/(1-0y) , and for PZT-4 kj,=0.49.

An experimental investigation was made in order to
verify the results of calculations presented in Figs. 3 and 5 in
a broad range of aspect ratios.

lll. RESULTS OF EXPERIMENTAL INVESTIGATION

An experimental investigation was fulfilled with a vari-
ety of thin (¢/L<10) plates made from PZT-4 and PZT-8.
The sets of plates with different aspect ratios, which were
used in the investigation, are displayed in Fig. 6.
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FIG. 7. Plot of admittance (magnitude) and conductance curves for plates
with different aspect ratios: (a) L,/L,=0.67, (b) 1.01, and (c) 1.78.

The resonance-antiresonance method was used for deter-
mining the resonance frequency and the effective coupling
coefficient dependencies on the aspect ratio of the plates. The
measurements were made using an impedance analyzer HP
4194A and in accordance with IEEE Standard on Piezoelec-
tricity (IEEE Standard 176-1987).

Peculiarities exist in the experimental investigation of
coupled vibrations in mechanical systems in general, and in
plates, in particular, due to the fact that these systems are
inherently multi-resonance. A number of “unwanted” reso-
nances may exist in their frequency spectra that are related to
overtones of vibrations and their coupling with the funda-
mental modes. Examples of the admittance plots and corre-
sponding plots of the conductance for the plates with differ-
ent aspect ratios are shown in Fig. 7. The frequencies
belonging to the frequency branches under investigation are
marked in these plots by an x. A separation between the
“targeted” fundamental resonance frequencies can be small
depending on the aspect ratio, especially in the vicinity of
strongest coupling. Under these circumstances, difficulties
arise in identifying the targeted resonance frequencies.
Therefore, the accuracy becomes questionable in application
of the resonance-antiresonance method for determining the
effective coupling coefficients for the corresponding modes
of vibration since, strictly speaking, this method is valid for
electromechanical systems with one degree-of-freedom.

In order to overcome these difficulties, an experimental
investigation was performed on a large number of the sample
plates (examples of which are depicted in Fig. 6), having
small intervals between their aspect ratios with one dimen-
sion kept constant. Consequently, a reliable trend was ob-
tained for the experimentally measured resonance frequen-
cies and their dependence on aspect ratios as well as for the
effective coupling coefficients for the corresponding modes
of vibration, which were determined by using the resonance-
antiresonance method. In order to increase reliability of the

Aronov et al.: Coupled vibration analysis of ceramic transducers
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FIG. 8. Ratio of resonance frequencies of upper (2) to lower (1) branches vs
aspect ratio (solid, calculated; dashed, following Refs. 3 and 4; and markers,
measured).

data obtained for particular aspect ratios, the measurements
were performed with several sets of plates (not shown). The
trend lines of the experimental data obtained for the reso-
nance frequencies and coupling coefficients are presented in
Figs. 3 and 5 along with the theoretically predicted depen-
dency. The plots are normalized to values at the limiting case
of B<<1 in order to avoid differences between ceramic com-
positions and absolute values of dimensions.

The agreement between the experimental and theoretical
results is very good. Based on these results, the conclusion
can be made that both experimental technique and theoretical
analysis are accurate at least within the discrepancy between
the experimental and calculated data.

It was noted before that, for determining the resonance
frequencies of the thickness poled piezoceramic plates, the
different partial systems (a long bar and strip) and the cou-
pling factor y=o0; between them (which makes y=0.33 for
PZT-4) were suggested in Ref. 4. As it follows from formula
(16) at y=0,, the exact value of resonance frequency for the
limiting case of a bar would be obtained from the current
solution. This result is expected because this value of the
coupling factor was chosen in Ref. 4 exactly from the con-
dition of satisfying the values for the resonance frequencies
at the extreme aspect ratios.

It is interesting to compare the accuracy of calculating
the resonance frequencies in a broad range of aspect ratios by
the two approaches: one used in Ref. 4 and the other used in
the current paper. For this purpose the frequency curves cal-
culated at y=0.33 are also presented in Figs. 3 and 8. It is
noteworthy that for the lower branch the results are in better
agreement with experiment than for the upper branch, al-
though less accurate than with the current approach (in Ref.
4 it was also noted that good agreement with experiment was
obtained only for the lower branch). In order to make the
comparison between the results obtained by these two ap-
proaches more quantitatively expressive, Fig. 8 shows the
ratio of resonance frequencies of upper to lower branches vs
aspect ratio. This is advantageous in terms of comparing the
accuracy of calculations than the estimation of the absolute
values since the properties of ceramics do not matter in this
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case. It can be seen that the results of the current treatment
are more accurate in the range around the point of the stron-
gest coupling, which is of great interest. In particular, for 8
=1 according to formula (29), f,/f,=1.32 for y=0.27 and
f2/fi=1.41 for y=0.33. The experimentally measured value
is f,/f;=1.31. (The measurement was made at 3=0.98. At
B=1 it is hard to determine f| accurately because the effec-
tive electromechanical coupling coefficient goes to zero for
the lower frequency branch at this point, as it is shown in
Fig. 5.)

IV. DISCUSSION OF THE RESULTS

The results presented in this paper illustrate with an ex-
ample of the thickness poled rectangular plates that the
coupled vibration analysis technique considered provides a
simple, physically clear, and sufficiently accurate for practi-
cal applications means for treatment of piezoceramic trans-
ducers.

Good agreement between the calculated and measured
resonance frequencies for both low and high frequency
branches of the fundamental modes of vibration and for the
effective coupling coefficients related to these modes is ob-
tained.

It is noteworthy that the results for the effective coupling
coefficients were not previously reported in the literature, yet
these data are particularly important for designing transduc-
ers. These results are in accord with the general conclusion
for the coupled systems that at low frequency branch vibra-
tions in directions of the generalized coordinates take place
in anti-phase, whereas at high frequency branch they are in-
phase. The effective electromechanical coupling coefficient
drops to zero for a mode of vibration related to the low
frequency branch and it reaches a maximum for a mode re-
lated to the high branch at the point of the strongest coupling
(at B=1). Analogous results were reported in Ref. 7 for thin
walled radial poled cylindrical piezoelements, in which case
the point of the strongest coupling was at the aspect ratio
B=1.57.

In terms of determining the resonance frequencies the
proposed modified coupling theory approach is, in practice,
as accurate for the extreme case of a large aspect ratio as the
approach of the coupling theory, described in Ref. 4, and is
more accurate for the aspect ratios in vicinity of the point of
the strongest coupling. The difference becomes negligible at
aspect ratios close to the extreme case at 8=0, and in vicin-
ity of the extreme case the results obtained from Ref. 4 be-
come slightly more accurate. However, the most appropriate
way to consider the vibration of the mechanical systems that
correspond to the extreme cases for a thin plate is to treat
them as one-dimensional in the first place.

Since the plots in Figs. 3 and 5 are normalized to the
values that correspond to the one-dimensional approxima-
tion, they allow the estimation of results up to values of the
aspect ratios where the one-dimensional approximation can
be used instead of two-dimensional within certain accuracy.
Thus, at aspect ratio 8=0.5 the resonance frequency drops
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by 1.2% compared with those for infinitely thin bar. The
effective electromechanical coupling coefficient drops by
2.5% at aspect ratio 5=0.3.

Based on the results discussed in this paper it can be
concluded that the analytical approach and the experimental
technique used proved to be appropriate for treating bar and
plate transducers, which can be considered as two-
dimensional.
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Estimation of vehicle speed using wayside sound pressure onset

rate
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Transportation-related environmental noise studies, particularly those associated with rail traffic,
often require long term measurements near existing rights of way. In addition to the sound produced
by passing vehicles, it is also useful to know their speed. Previously, speed measurements have
generally required an additional piece of instrumentation, such as a second microphone, video
camera, or a radar gun—resulting in added measurement cost and complexity. The present study
shows how estimations of vehicle speed can be obtained using a single wayside microphone. The
method is based on the rate of pressure rise as the vehicle approaches, specifically the maximum
onset rate. This paper shows how the maximum onset rate depends only on the vehicle speed, the
microphone distance, and the speed of sound. In order to demonstrate the feasibility of the approach
field test data are presented for train passages ranging in speed from 33.5 to 55.6 m/s, as measured
by a microphone located 28.65 m from the tracks. Speed estimates derived from the onset rate were

generally accurate to within 8% of the independently measured speed of the train.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3257599]

PACS number(s): 43.50.Lj, 43.50.Yw [AJZ]

I. INTRODUCTION

An environmental impact study (EIS) is usually con-
ducted as part of the planning phase for a new transportation
project. The analysis of wayside noise is often a critical com-
ponent of the EIS, particularly those associated with highway
and rail projects. The Federal Transit Administration (FTA),'
for example, provides specific criteria for acceptable levels
of wayside noise for new transit projects.

In most cases, the environmental assessment requires the
characterization of the existing pre-project noise exposure. If
the planned project area already includes related noise
sources, such as an existing rail line or highway, then it may
be necessary to identify and measure specific noise events.
For example, if a new light rail system was being planned for
an existing right of way used by freight trains, then it would
be important to characterize the noise produced by the
freight operations so the impact of the light rail system could
be assessed fairly.

When measuring the sound produced by a moving noise
source, it may be necessary to know the vehicle’s speed at
the time of the measurement. Previously, if a single micro-
phone was used to monitor the sound, then additional equip-
ment or additional processing (Doppler analysis) was needed
to obtain the speed information. The usual methods em-
ployed to measure speed involve either a radar gun or a
timed gate (time to travel a known distance). Direct feedback
or telemetry from the vehicle can also be used, although this
is usually limited to cases where dedicated test vehicles are
involved.

YAuthor to whom correspondence should be addressed. Electronic mail:
jzapfe@acentech.com
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A method that could estimate the speed of a vehicle
using just the microphone would be highly desirable because
it would eliminate the need for supplemental equipment.
This is the basis of the present work.

Considerable work has been done to characterize the
acoustic sources associated with trains, automobiles, and
trucks in order to predict wayside noise. Guidance manuals
in the United States published by the Federal Railroad
Administration,2 the Federal Transit Administration,1 and the
Federal Highway Administration® provide general methods
to estimate wayside noise from highway and rail operations.
However, to date wayside noise prediction methods have not
addressed the reverse problem, namely, “Can the wayside
pressure be used to estimate the vehicle’s speed?” Hanson*
presented a graphical relationship between onset rate and
speed for MAGLEV and high speed rail systems. Hanson’s
data show that onset rate increases as vehicle speed in-
creases; however, he did not present an analytical or empiri-
cal prediction model in his paper. The present paper develops
an analytical rationale and formal method to predict vehicle
speed that was implied, but not explored in detail by Hanson.

Il. ANALYTICAL DEVELOPMENT
A. Assumptions

The underlying assumptions of the analytical develop-
ment are as follows:

(1) the vehicle is traveling in a straight line, at a constant
speed;

(2) the sound field in front of the vehicle can be modeled as
a monopole source;

(3) the vehicle is subsonic; and

(4) the environmental conditions are calm and steady.

© 2009 Acoustical Society of America 2991



microphone

monopole v
source

F—x

FIG. 1. Problem setup. Monopole source traveling in a straight line, at
constant speed V, past a microphone. The distance to the closest point of
approach is D, and the distance from the source to the microphone is r.

Unless stated otherwise, all distances are in meters, all
speeds are in m/s, and all pressures are in pascals. Sound
pressure level is referenced to 20 uPa.

B. Sound pressure measured by a wayside
microphone

In investigating the effect of speed on the directivity of
rail noise sources, Zhang5 presented basic relationships for
the pressure field produced by moving sound sources. While
the work of Zhang is not directly applicable to the present
problem of estimating vehicle speed from wayside sound
pressure, the work does provide a basis for the development
of the theory.

Consider a monopole sound source moving in a straight
line past a stationary microphone, as illustrated in Fig. 1. The
microphone is located a distance, D, from the path of travel
and the source position, x, is referenced to the closest point
of approach. If the source speed, V, is constant, then at any
time, ¢, the distance from the source to the microphone, r, is
given by

r=u*+D%"?, (1)

where x and r are functions of time. Zero time is referenced
to the point when the source passes the microphone (x=0);
consequently, when the source is approaching the micro-
phone (x<<0), the time is also negative.

Assuming a monopole radiation pattern, the sound pres-
sure level, Lp, measured at the microphone will be given by

Ry
Lp=Lpy+20log| —
P
= Lpo + 20 log(Ry) — 10 log(x> + D?), (2)

where the monopole source is defined by a reference sound
pressure level, Lp,, measured at a reference distance, R,. By
using Eq. (2), it is implicitly assumed that the source is suf-
ficiently close to the ground, and the wavelengths are suffi-
ciently long that associated ground reflections can be ig-
nored.

The sound pressure at the microphone given by Eq. (2)
is not observed at the same instant that it is produced by the
source; there is a time delay owing to the propagation limi-
tation imposed by the speed of sound. The time delay, At, is
given by
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2 DZ 1/2
Ar=" = (x"'—) (3)
C C

where ¢ is the speed of sound. Equation (3) leads to the
following relationship between “source time,” ¢, and “micro-
phone time,” 7.

X (x2 + DZ)]/Z

tmic=t+At=‘—/+f. (4)

Onset rate is defined” as the rate of change in sound pressure
level with time. However, the wayside microphone measures
pressure in terms of microphone time and, in general, would
have no knowledge of the source position or source time.
Using the chain rule of differentiation, the onset rate at the
microphone, dLp/dt;. can be expressed as

dLp dLp dx
dtyie  dx dipg

(5)

The first derivative, dLp/dx, can be found by differentiating
Eq. (2) resulting in the following expression:

dﬁ 20 X

dx  In(10) (x*+D?)’

(6)

The second derivative, dx/dt,;., can be found by taking the
differential of both sides of Eq. (4), resulting in the expres-
sion

dx (x2+D2)1/2

=V . (7)
" [—x £+ DZ)W}
Cc

Equation (7) is essentially the apparent speed of the source in
terms of microphone time.

Analogous to the Doppler effect, the apparent speed of
the approaching source (x<<0) exceeds its actual speed,
while the apparent speed of the receding source (x>0) is
slower. Similarly, if the speed of sound was infinite, there
would be no distinction between source time and micro-
phone time and the apparent speed would simply be equal to
V. Combining Egs. (6) and (7) yields the following expres-
sion for the onset rate measured at the microphone

dLp 20 1 Vx (8)
dii.  In(10) (x> + D»)'? {v ] '

—x + (x2+D2)1/2
Cc

According to Eq. (8), as expected, the onset rate is positive
for an approaching source and negative for a receding
source. The onset rate is also proportional to the source
speed, its position, and the microphone distance.

Unfortunately, Eq. (8) contains a dependence on the
source/vehicle position which would generally not be known
during a field measurement. In order to remove the depen-
dence on x, consider the point where the onset rate is maxi-
mum, found by differentiating Eq. (8) with respect to x and
setting the resulting quantity equal to zero. The point where
the onset rate is greatest is given by the solution

Zapfe et al.: Speed estimation using pressure onset rate
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Equation (9) has two solutions, one for the approaching
source (x<<0) and one for the receding source (x>0). For
very low speed sources, the limiting solution to Eq. (9) (as
Vie—0) is

X

=*1, 10
D (10)

which corresponds to a 45° look angle to the source. To find
a solution to Eq. (9) that is not limited to low speeds, assume
the following parametric form for an approaching source
(x/D<0):

X
—=-1-8, 11
D B (11)
where B<<1. Substitution of Eq. (11) into Eq. (9), while dis-
carding higher order powers of the parametric quantity, 3,
results in the approximate solution to Eq. (9) for approaching
sources,
x | Vv 1
- - (12)
D | onset rate ¢ \’% _ 3‘_/
c
The error in using Eq. (12) to estimate the source position,
where the maximum onset rate occurs, increases with in-
creased source speed. For example, at Mach 0.2 the position
error would be less than 1% and at Mach 0.3 the error would
be less than 2%.

To find the maximum onset rate, Eq. (12) or Eq. (10) can
be substituted into Eq. (8). Using the simpler low-Mach
number approximation (x/D=-1) yields the following ex-
pression for the maximum onset rate, OR,,, as measured at
the microphone:

dLp |™* 20 v o1
OR,, = —L| = (13)

dt | " m(10)p_  ~V
mic Il( ) 2-\2=
C

An alternative form of Eq. (13) is given by the following:
20 Vv

DXOR,, = ——
max In(10)

, 14
~ (14)
—\2—

C

where now all of the quantities on the left hand side are
either known or measured, and the source speed is the only
unknown quantity on the right hand side of the equation.

C. Numerical simulation

A numerical simulation was used to examine the impli-
cations of the low-Mach number approximation used to gen-
erate Eq. (14). The numerical model was based on a mono-
pole source with a reference sound pressure level of 94 dB
(re 20 uPa) measured at a distance of 5 m. The source speed
was 90 m/s (Mach 0.265 with ¢=340 m/s). The pressure
time history at two microphone positions, D=20 m and D
=30 m, was calculated numerically using Eq. (2) to calculate
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FIG. 2. Numerical simulation—sound pressure history for monopole source
moving past two microphone positions. Source parameters: speed=90 m/s,
source=94 dB (re 20 uPa) at 5 m, speed of sound=340 m/s.

the sound pressure level history and Eq. (4) to calculate
microphone-referenced time. Figure 2 shows the results of
the simulation in terms of the microphone sound pressure
level as a function of source position. The calculated sound
pressure level is greater at the closer microphone, as ex-
pected. The onset rate was calculated by differentiating the
numerical data using a first order finite difference. The maxi-
mum onset rate was then determined by inspection of the
differentiated numerical data. For each microphone, the
maximum onset rate occurs at the same source position
(x/D=-1.111) which is slightly before the low-Mach num-
ber solution (x/D=-1). The corresponding angle difference
from 45° is about 3°.

The numerical simulation was also used to investigate
the accuracy of the low-Mach number approximation in es-
timating source speed. Figure 3 plots the low-Mach number
speed estimate, given by Eq. (12), along with the results
from a series of numerical simulations where Eq. (2) was
used to calculate the sound pressure level history and Eq. (4)
was used to calculate microphone-referenced time. The
maximum onset rate was then determined by inspection of
the differentiated (first order finite difference) numerical

1000 A 5
— full numerical solution v
800 F - - - low Mach number solution d 414 ;\?
g — —low Mach error 5
kS| / [S
£ 600 f /134
] % 2
o /7 g
S 400 ; 12 &
5 e i3]
o) > 4 3
- - .
200 » _- 1 ;5;
0 _—t ! | 0
0 0.1 0.2 0.3 0.4 0.5

Vehicle Mach Number (V/c)

FIG. 3. Dependence of distance-adjusted maximum onset rate (D
X OR,) On vehicle Mach number using full numerical solution and low-
Mach number approximation. Speed estimate error resulting from low-Mach
number approximation.
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simulation data. As Fig. 3 shows, the low Mach number ap-
proximation is quite accurate at low speed, and is still rea-
sonable up to Mach numbers as high as M 0.5. For example,
at Mach 0.5, the expected speed estimation error incurred by
using the low-Mach number approximation is only about
3.4%.

As Fig. 3 shows, Eq. (14) provides a simple and reason-
able means to estimate source speed. However, Eq. (14) can
also be expressed in a polynomial form which will become
useful later when exponential averaging algorithms are con-
sidered. If Eq. (14) is recast with source speed as the un-
known, it becomes

In(10)
I—OD X OR ax
V= . (15)
In(10) D X OR .«
+ =
10V2

Cc

Equation (15) can also be expanded as a geometric series of
the form

In(10 In(10) D X OR
_U9 ) or,y, 1—( n0) s
10 10V2 ¢
In(10) D X OR,,, \*
+< u r) max) -+ | (16)
10V2 ¢

Since the low-Mach number approximation for source speed
effectively becomes a polynomial expansion in powers of the
maximum onset rate, OR,,,, and D, it seems reasonable to
curve-fit a polynomial to the full numerical solution to avoid
being limited by the low-Mach number approximation. This
will effectively eliminate even the small errors associated
with Eq. (14). A series of numerical simulations was per-
formed for Mach numbers ranging from 0.01 to 0.5. The
maximum onset rate was calculated for each speed and a
cubic polynomial was curve fitted to the resulting data. Note
that the dependence on microphone distance, D, can be re-
moved by curve fitting to the parameter D X OR,.. The re-
sulting curve-fit polynomial for source speed is

Vel ceaa0 = 0.228(D X OR,,,) — 9.71 X 1073(D X OR,,)°
+2.2 X 1078(D X OR,0)°, (17)

where the units are m/s for Vg, m for D, and dB/s for OR .
It should be noted that the coefficients in Eq. (17) are appro-
priate for a sea level standard atmosphere (¢c=340 m/s). The
corresponding curve fit for a standard altitude of 1524 m
(5000 ft), where the speed of sound is 334 m/s, is

Velcoaza=0.228(D X OR,,,) — 9.885 X 1073(D X OR,,,,)*
+2.284 X 107%(D X OR,,,,)°, (18)

The difference between Eqs. (17) and (18) is quite small. For
example, if the C=340 m/s (sea level standard atmosphere)
relation, Eq. (17), was used to estimate the speed of a source

when the speed of sound was actually 334 m/s; the errors
would only be 0.3% at Mach 0.25 and 0.6% at Mach 0.5.
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FIG. 4. Speed estimate error produced per meter of error in microphone
distance.

D. Sensitivity to microphone distance

The microphone distance is a key parameter in deter-
mining the speed of the passing source. For actual vehicles
with real physical dimensions, there could be a question as to
where the microphone distance should be measured. For a
train, for example, should the distance be measured to the
center of the tracks, or the near rail, or the side of the ve-
hicle? In order to investigate the sensitivity of the speed es-
timate to microphone distance, Eq. (17) can be differentiated
to give

4
ot | =0.228(0R )~ 1.942 X 1074(D X ORy,,)

+6.6 X 107%(D?* X OR? ). (19)

max

Figure 4 shows how the speed estimate is affected by a dis-
tance error for speeds ranging from 34 to 102 m/s. The
speed estimate error is shown as a percentage per meter of
distance error. For example, for a vehicle traveling at
102 m/s, and a microphone distance of 50 m, one could ex-
pect a 1.5% error in the speed estimate for every meter of
distance error. The speed error per meter decreases as the
microphone distance increases. Also, the speed error de-
creases as the vehicle speed increases. This implies that more
distant microphone positions are more tolerant of uncertain-
ties in microphone distance. However, one would also expect
that more distant microphone positions may be more affected
by parts of the vehicle that trail the “leading edge.” Recall
that one of the assumptions of the method was that the lead-
ing edge of the vehicle could be modeled as a monopole
source.

E. Exponential averaging

Commercial sound level meters typically use an expo-
nentially weighted average in the calculation of the sound
pressure level. The exponentially weighted sound pressure,
Po» at any time, ¢, is given by

t _ 1/2
p“(’):llrj p(t)zexp<—%>d§] , (20)
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where 71is the exponential time constant. Common time con-
stants are 7=1 s, which is known as a slow detector, and 7
=0.125 s, which is known as a fast detector.

The exponential average tends to slow down the appar-
ent pressure rise, resulting in a lower onset rate. An equation
similar in form to Eq. (17) can be generated for the exponen-
tially averaged onset rate. While similar in form to Eq. (17),
the exponential average imposes a more complex relation-
ship between microphone distance, D, and the polynomial
coefficients. The general form of the exponentially averaged
speed estimate is

Vesl = al(D)(ORmux) + aZ(D)(ORmux)2 + aB(D) (ORmax)3a

(21)
where the coefficients a;, a,, and aj are all functions of the
microphone distance, D. The coefficient functions were cal-
culated from curve fits to numerical simulation data for vari-
ous source speeds and microphone distances. For each
distance/speed combination, the un-averaged sound pressure
level time history was calculated at the microphone position
in terms of microphone time using Egs. (2) and (4). Equation
(20) was then used to operate on the un-averaged pressure
data to generate the exponentially averaged sound pressure
level time history. The maximum onset rate was then deter-
mined from the exponentially averaged time history. For
each exponential averaging setting (fast, slow), the maxi-
mum onset rate was tabulated for each distance/speed com-
bination. Numerical curve fits to the tabulated data were then
used to determine the a;(D) coefficient functions that appear
in Eq. (21). For example, for a fast detector (7=0.125 s), the
numerically derived coefficient expressions are

a,(D) =0.044 58 + 0.2242D + 1.386 X 107*D?
—1.187 X 107°°D3,

a,(D) =3.072 X 107*D - 8.534 X 107°D?
- 6.438 X 1077D* +5.836 X 107°D*,

a;(D) =—4.449 X 107'D? +3.374 X 107D
+6.786 X 107''D* - 1.107 X 107"?D5. (22)
For a slow detector (7=1.0 s), the coefficient expressions are
a;(D)=0.14+0.2451D - 5.914 X 107*D?
+5.612 X 107°D3,

a,(D)=-3.421 X 107D +7.124 X 107 D?
—-7.164 X 107'D*-6.326 X 10°D*
+9.185 X 107D,

a;(D) =2.847 X 107'D* - 1.156 X 107'D?
+2.725 X 107°D* = 2.705 X 107'D?
+1.172 X 10783Dp°, (23)

The coefficient expressions in Eqgs. (22) and (23) were
obtained from curve fits to numerical simulation data with
C=340 m/s (sea level standard atmosphere) and with source
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FIG. 5. Speed estimation curves based on maximum onset rate; for a mi-
crophone distance of 30 m at sea level; using rms averaging, fast exponen-
tial averaging (7=0.125 s), and slow exponential averaging (7=1.0 s).

velocities ranging from 5 to 120 m/s and microphone dis-
tances ranging from 5 to 50 m. The expressions should not
be used for conditions outside these ranges.

Figure 5 compares the exponentially averaged speed es-
timation models for a microphone located at 30 m with a
speed of sound equal to 340 m/s. As the figure shows, the
onset rate reduction effect of the exponential average in-
creases with increased speed. For example, at a source speed
of 75 m/s, a microphone at 30 m without exponential aver-
aging would measure a 12.5 dB/s maximum onset rate. If a
sound level meter with a fast detector was used to measure
the passby, and Eq. (15) (the expression for no exponential
averaging) was mistakenly used to estimate the speed, the
error would only be about 1.7% (1.3 m/s). However, if the
meter was set to a slow detector, and Eq. (15) was used to
estimate the speed, the error would be about 9% (7.5 m/s).
In both cases, the estimated speed would have been too low.

lll. FIELD TEST DATA
A. Test results

Passby sound pressure measurements were made in
Sharon, MA next to the northbound track of the Northeast
Corridor. Three train passbys were measured using a micro-
phone that was located 28.65 m (94 ft) from the near rail
(42.096 988° N, 71.193229 ° W, 79 m above sea level). The
microphone was placed 1.5 m above the ground. The mea-
surements were made using a B&K model 4189 microphone
with a PCB model 426E01 preamplifier and a PCB model
480EQ9 ICP signal conditioner. The data were recorded in
the field using a Rion model DA20 instrumentation recorder
at a rate of 12000 samples/s. Prior to testing, a 94 dB,
1 kHz calibration tone was applied using a B&K model 4231
acoustical calibrator.

The passby data were analyzed using MATLAB®, operat-
ing directly on the WAV files that were recorded with the
DA20. After the sensor scale factor was applied, the data
were filtered using a fourth order, 10— 1000 Hz, Butterworth
bandpass filter. The equivalent sound pressure level, Leq,
was then calculated from the filtered data at 0.1 s intervals.
In addition to the basic root-mean-square (rms) Leq, the data
were also exponentially averaged before the Leq was calcu-
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FIG. 6. Sound pressure level time history measured during passby of
Amtrak Acela train at 55.6 m/s (124 m/h). Microphone located 28.65 m
from near rail. rms averaged Leq levels (0.1 s) shown along with polyno-
mial curve fit. Point where maximum onset rate occurs shown as a solid dot.

lated using a fast (7=0.125 s) and a slow (7=1.0s) time
constant.

The measurement site was generally flat although the
approaching trains were partially obscured visually by a
wooded area. The measurements were made on March 27,
2008. The air temperature was 11 °C and the winds were
calm (<2.5 m/s). At the time of the measurements, the
ground was soft and the surrounding deciduous trees were
bare. The train speeds were measured independently using a
radar gun and a timed gate (time for train of known length to
pass a fixed point). The radar speed and timed gate speed
agreed to within 2 m/s.

The passby sound pressure was measured for three
trains; a Massachusetts Bay Transportation Authority
(MBTA) commuter train, an Amtrak Regional train, and an
Amtrak Acela express train. The MBTA commuter train was
powered by a leading diesel-electric locomotive; the
AMTRAK trains were both electric, drawing power from an
overhead catenary. The observed train speeds varied from
33.5m/s (75 m/h) to 55.6 m/s (124 m/h).

Reasonable estimates of onset rate were not possible be-
cause of the scatter in the raw 0.1 s Leq data. In order to
obtain a smoothed time history that could be differentiated
reliably, a cubic polynomial curve fit was used to approxi-
mate the raw Leq data. The onset rate was then calculated by
differentiating the curve-fit polynomial. Because the area of
interest was restricted to the portion of the passby where the
pressure was rising, the curve fit was confined to the leading
edge of the pressure time history, extending approximately 5

dB before and after the point of maximum onset rate. An
R-square goodness of fit statistic was calculated for each
curve according to the formula

) E (Leqdata - Leqfit)2
R2=1 . (24)

2 (Leqdata - Leqdataimean)2

where Leqg,, refers to the raw Leq data at each time point in
the curve-fit region, Leqy; are the Leq levels calculated from
the curve-fit polynomial, and Leqgye, mean 18 the mean value
of Leqq,, in the curve-fit region. The summations are done
over all of the data points within the curve-fit region.

Figure 6 shows the rms-averaged sound pressure time
history that was measured during an Amtrak Acela passby at
55.6 m/s. The curve-fit polynomial and associated R* value
are also shown on the figure. The maximum onset rate, cal-
culated from the curve fit, is 9.09 dB/s. According to Eq.
(17), for a microphone distance of 28.65 m, this corresponds
to an estimated speed of 53.2 m/s which is only 4% lower
than the measured train speed.

Speed estimates were made for all three observed train
passages and processed using (1) a rms average (no expo-
nential), (2) a fast (0.125 s) exponential average, and (3) a
slow (1.0 s) exponential average. The speed estimates are
summarized in Table I. For the slowest train (MBTA com-
muter rail), the best estimates of the speed were produced
using the fast and slow exponential averages. The best esti-
mates for the faster Amtrak trains were generally obtained
using the fast exponential average which produced speed es-
timates within 3% of the measured speed. In general the best
curve fits (highest R?) were obtained with the exponential
averages because of the data smoothing that the exponentials
provide.

B. Discussion of test results

The primary goal of the field test program was to show
that it was possible to obtain reasonable estimates of vehicle
speed based solely on the microphone position and the onset
rate. This goal was achieved, with some speed estimates
within a few percent of the measured speed. For the present
paper, no extensive effort was made to investigate why some
estimates were better than others. The authors plan to explore
such issues in more detail as part of an ongoing research
effort to investigate ways to improve the estimates using al-
ternative filtering, curve fitting, or averaging schemes. The
effect of microphone distance also has to be investigated (do
closer microphones produce better estimates?).

TABLE I. Measured and estimated speeds for train passbys measured using a microphone located 28.65 m from

near rail.

Estimated speed (% error) (R?)

Measured
speed rms average Fast exponential Slow exponential
Train type (m/s) (m/s) (m/s) (m/s)
MBTA commuter rail 335 32.7 (=2%) [0.957] 33.6 (0%) [0.986] 33.5 (0%) [0.997]
Amtrak regional 52.8 499 (-5%) [0.918]  53.5 (+1%) [0.975]  48.8 (-8%) (0.994)
Amtrak acela 55.6 53.2 (-4 %) [0.886]  57.2 (+3%) [0.968]  57.0 (+2%) [0.998]
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IV. CONCLUSIONS

For the case of a subsonic monopole sound source mov-
ing past a stationary microphone, a simple theoretical rela-
tionship exists between the microphone distance, the vehicle
speed, speed of sound, and the maximum onset rate. Know-
ing the microphone position, this relationship allows one to
estimate the speed of a passing vehicle based solely on the
measured onset rate. While slightly more complicated ver-
sions of the relationship can also be derived to account for
exponential averaging, the only quantities required to esti-
mate speed are the maximum onset rate, the speed of sound,
and the microphone distance.

The speed estimation method was evaluated using
passby data from three train passages (one diesel, two elec-
tric) ranging in speed from 33.5 to 55.6 m/s. All speed esti-
mates were within 8% of the actual measured speed with the
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best estimates within a few percent. The test results suggest
that it is possible to estimate the speed of a passing vehicle
using a wayside sound pressure measurement provided the
sound field in front of the vehicle is similar to the sound field
produced by a monopole source.
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Determination of elastic constants of generally anisotropic
inclined lamellar structure using line-focus acoustic

microscopy
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A methodology for measuring elastic constants of different phases in materials with lamellar
microstructure by line-focus acoustic microscopy is developed. The material microstructure
investigated is modeled by generally anisotropic multilayers arbitrarily inclined to the sample
surface on which acoustic microscopy measurements are performed. To calculate surface acoustic
wave (SAW) propagation in such structures quasi-static effective elastic constants are determined
and compared with calculated frequency-dependent constants. As a model material, practically
important, Ti—-6Al-2Sn—-4Zr—2Mo alloy is selected. Time-resolved line-focus acoustic microscopy
experiments are performed on a Ti-6242 «/ B single colony (Ti—6Al-2Sn-4Zr-2Mo alloy) and on
a Ti-6Al a-phase single crystal for which elastic constants of different phases are determined using
inversion of measured SAW velocities. To validate the experimental methodology, SAW velocities
in an X-cut quartz crystal are measured as a function of sample orientation angle and compared with

predictions based on the known elastic moduli of quartz.
© 2009 Acoustical Society of America. [DOI: 10.1121/1.3245032]

PACS number(s): 43.35.Sx [ADP]

I. INTRODUCTION

Acoustic microscopy (AM) has been established as an
effective tool in measuring elastic properties of anisotropic
and multilayered materials."™ Its advantage manifests in
high resolution local measurements on actual material micro-
structures. Kim e al.® calculated the effective elastic con-
stants of superlattice films from elastic constants of the con-
stituting single crystal layers measured by high frequency
AM. AM for measuring elastic constants of thin films on an
anisotropic substrate was performed by Achenbach et al.’
and Wang et al.* and Wang and Rokhlin’ measured the elas-
tic constants of multilayered composites using low frequency
time-resolved AM. In most previous work, AM property
measurements were performed on multilayers constructed by
periodically stacking anisotropic layers in the principal ma-
terial axes. Moreover, the measurements were performed in
the principal planes of the constituting layers with those
planes parallel to the supporting substrate. A very limited
number of studies have been performed on layered structures
oriented perpendicular to surface wave propagation. In this
regard Chimenti® analyzed dispersion of surface acoustic
waves (SAWSs) propagating perpendicular to the layering di-
rection in a vertically laminated composite semispace. In all
these cases, the structure of the anisotropic layer is well de-
fined and thus the analysis of SAWs on multilayered aniso-
tropic media’ can be directly applied.
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Modern metal alloys have complicated, often multi-
phase, microstructures. Elastic properties of different phases
in these materials are usually poorly known, since most
available data are for single crystals. However, knowledge of
elastic properties can be essential for understanding of me-
chanical behavior of these types of materials. This paper’s
objective is to develop an experimental methodology and a
property reconstruction model for determination of elastic
properties of different phases in multiphase materials. The
model material for this study is Ti-6242 «/ 3 alloy with com-
plex microstructure formed by quasi-random anisotropic lay-
ers of a- and B-phases inclined arbitrarily to the sample sur-
face on which measurements are performed.

Due to their high specific strength, high service tempera-
ture, and good fracture toughness, commercial titanium al-
loys are employed widely in aerospace, energy, and bio-
medical applications.g’9 The strength of these alloys is
manipulated and maximized by controlling the microstruc-
ture during thermomechanical processing. The elastic con-
stants of titanium alloy vary considerably depending on al-
loying and heat-treating history and on composition. Not
much data on the elastic constants of titanium alloy crystals
are available. Fisher and Renken'® determined the elastic
constants of an a-phase Ti single crystal using bulk ultra-
sonic waves propagating in principal directions of the crys-
tal. Fisher and Dever'' measured elastic constants of [B-phase
Ti—Cr alloy for varying amounts of chromium. The knowl-
edge of elastic constants of different phases and crystalline
effective properties of realistic Ti alloys is essential for mod-
eling their mechanical properties and ultrasonic nondestruc-
tive evaluation.

© 2009 Acoustical Society of America
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FIG. 1. (Color online) Schematics of the microstructure of Ti-6242 a/f
single colony showing relative orientations of a (cubic)- and B (hexagonal)-
phase crystal layers (left) and sample used in the AM [it depicts how layers
are inclined to the sample surface and SEM micrograph embedded showing
two phases « (dark) and B (white)].

In this paper, the elastic constants of « and 8 Ti phases
are measured on a Ti-6242 «/ single colony and a Ti-6
a-phase crystal by means of time-resolved line-focus AM. It
is performed on a non-principal plane of the Ti-6242 «/f
single colony sample, measuring SAW velocity as a function
of orientation angle. The ultrasonic wave propagation model
was developed, which has combined morphological charac-
teristics of microstructure and elastic properties of «- and
[B-phases to obtain the effective elastic constants of the an-
isotropic multiphase and relate them to velocity of the SAW.
As a result by using the model inversion the elastic proper-
ties of both the effective and each of a- and B-phases were
obtained from AM measurements.

Il. PROBLEM STATEMENT
A. Microstructure of Ti-6242 «/ single colony

The microstructure of the Ti—6Al-2Sn—-4Zr-2Mo «/ B
single colony is characterized as a composite crystalline
structure of a- and B-phase single crystals. The a-phase
crystal has a hexagonal close packed (hcp) structure with the

shape factor ¢/a=1.587,"% so that the direction [2113], is
tilted up 57.8° from the basal plane. The B-phase having a
body centered cubic structure is present in the form of plate-
lets with a maximum thickness near 10 um. The B-phase
platelets are distributed randomly in the @-phase while their

broad faces are aligned consistently in the [565] p direction
forming the lamellar structure as shown in Fig. 1. In the
scanning electron microscope (SEM) micrograph in the fig-
ure the bright area represents the [B-phase and the dark area
the a-phase; the concentration of the S-phase is 9%—10%. As
is seen in Fig. 1, the layers do not have well-defined inter-
faces and the layer thickness changes from one to another. In
contrast to the structural randomness, the orientation angles
of the crystals are spatially invariant. The layers are oriented
in an off-principal direction of both phases. The Burgers ori-
entation relationships between the two phases in the colony
microstructure are [ZI_TO]all[ll_l_]ﬁ and (0001),/1(101)g. Tt is
assumed that the a- and B-phases satisfy the above ideal
Burgers orientation relationships. Therefore, no common
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FIG. 2. (Color online) A schematic of the model Ti-6242 «/ (3 single colony
material microstructure; it shows SAW propagation direction, which varies
during measurement by rotating of the line-focus transducer. The RVE of a
periodic anisotropic multilayer is shown in the bottom.

plane exists in which principal axes of both the «- and
B-phases lie together. From the Burgers orientation relation-
ships, the transformation of the crystallographic coordinate
system of one of the phases (a-phase or B-phase) to another
can be found. For example, to transform the a-phase elastic
constants to a -coordinate system, two successive rotations
of the a-coordinate system, 6,=—24.74° and 0y=—45.0°, are
required (the angle of rotation is about the coordinate axis
indicated as the subscript). We will discuss the coordinate
rotations in more detail in Sec. II C.

B. Model anisotropic microstructure for SAW analysis
of Ti-6242 a/p single colony

As described in Sec. IT A and illustrated in Fig. 1, the
Ti-6242 «/ B single colony microstructure is formed by thin
crystalline layers with different orientations of the main crys-
tallographic systems. Therefore the sample surface, on which
the SAW propagates, cannot be a plane of symmetry for at
least one of the a- or B-phases, and for this phase the surface
plane is a plane of general elastic anisotropy. Generally, both
the a- and B-phases are anisotropic in the sample surface
plane. We select the main coordinate system on the sample
surface as shown in Fig. 2 with axis Y5 perpendicular and
(Y,Y,) plane in the sample surface. As shown in Fig. 2 a
multilayered crystalline structure is formed by layers in-
clined to the sample surface, on which surface waves propa-
gate and AM measurements are performed. The direction of
wave propagation relative to the Y, sample axis is varied
during measurements.

The Ti-6242 «a/f single colony has a quasi-random
lamellar microstructure exhibiting the following characteris-
tics: (1) thin B-phase plates (white) are distributed randomly
in the a-phase matrix, (2) the interfaces are semi-coherent,
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and (3) the thickness of the B-phase plates varies from one to
the other. These microstructural characteristics give rise to
several difficulties in analyzing the SAW propagation in this
material. Due to the randomness the wave propagation analy-
sis for layered media with deterministic microstructures
(aligned flat layers with constant thicknesses) cannot be ap-
plied. Furthermore, for analysis of SAW propagation on a
vertically inclined anisotropic layer, one needs to employ
numerical methods that will complicate property inversion.
To account for the effects of the microstructure and to model
the SAW propagation in the medium shown in Fig. 2 we will
describe it as a quasi-static homogeneous medium with ef-
fective elastic constants (Sec. IV). In our measurements the
SAW wavelength is much larger than the microstructural
layer thickness and thus the velocity measured by the AM is
also averaged over the SAW propagation distance (averaging
microstructural elastic characteristics of a- and B-phases). In
Sec. III, the ultrasonic measurement method is first de-
scribed, next (Sec. IV) the microstructure homogenization
and simulation of SAW propagation are discussed, and fi-
nally, in Sec. V, the inversion problem and determination of
the a- and SB-phase elastic constants are presented.

C. Coordinate transformations

To model SAW propagation and eventually use it for
elastic constraints’ determination, we need to transform the
tensor of elastic constants of each material phase to the
sample surface coordinate system (Y,,Y,,Y3), as shown in
Fig. 2. This is accomplished in two steps. First, the elastic
constants of both @- and B-phases, which are described in
their own crystallographic coordinate systems (x,y,z), and
(x,y,2) g are transformed to the common X;,X,,X5 coordi-
nate system attached to the B-phase plate (as shown in Fig.
1). The X, axis of this system is perpendicular to the broad

face of the plate ([565_]/3). These transformations are per-
formed in such a way that the z axis for each phase becomes
aligned with the X, axis. The transformation is done by two
successive rotations: t9ya:—45.0O and Gxa:—49.68° for
a-phase, and ¢, =-74.4° and ¢, =-90° for S-phase. These
angles are obtained from the Burgers relationships. Finally,
the second transformation of elastic constant tensors is per-
formed from the X, X,,X5 coordinate system to the physical
(sample) coordinate system Y,,Y,,Y5 (Fig. 1). This is done
by two rotations, 6’,(1:14.0O and 0X2:—46.6°. The angle of
rotation is about the coordinate axis indicated as the sub-
script.

This two step transformation is necessary since the ef-
fective elastic constants obtained are obtained in the
X,,X,,X5 coordinate (Sec. IV A). However, the prediction of
SAW velocities (Sec. IV C) has to be performed in the
sample surface coordinate system (Y;,Y,,Y3).

lll. EXPERIMENT: MEASUREMENT OF ANGLE
DEPENDENCE OF SAW VELOCITY BY TIME-
RESOLVED LINE-FOCUS AM

A. Experimental setup

The experimental setup consists of an ultrasonic line-
focus transducer, mechanical alignment devices, a four-axis
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FIG. 3. (Color online) A schematic of experimental system with a typical
ultrasonic signal and an example of measured time delay versus lift-off
distance shown in the bottom.

motion control system, a pulser/receiver, an oscilloscope,
and a computer for controlling the system and waveform
acquisition. The sample is placed in the immersion tank and
the transducer is rotated by a precision motor. At each rota-
tion angle, the transducer, which is aligned parallel with the
sample surface, acquires the ultrasonic signals at different
lift-off distances from the sample surface. Figure 3 shows a
schematic of the experimental system.

The 75 MHz broad band ultrasonic transducer with a
line-focus cylindrical lens was used in this study. The cylin-
drical lens has a radius of 6.35 mm, a focal length of 5.08
mm, and an aperture half angle of 38°. The transducer emits
a short acoustic pulse with duration about 0.1 us. The center
frequency of the received SAW signal shifts down to 35
MHz due to the leakage of the high frequencies to water. The
transducer is first focused on the sample and the lift-off dis-
tance is decreased until the SAW is generated. The specular
reflection and SAW signals are resolved in the time domain
and the time delay between these is measured as shown in
the bottom of the figure. This