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ACOUSTICAL NEWS—USA

Elaine Moran
Acoustical Society of America, Suite 1INO1, 2 Huntington Quadrangle, Melville, NY 11747-4502

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

New Fellows of the Acoustical Society of America

Laurent Demany—~For contributions to Dennis F. Jones—For contributions to
the understanding of auditory process- the development of flextensional trans-
ing. ducers.

Hari S. Paul—For contributions to Hans C. Strifors—For contributions to
piezoelectric materials and international scattering of sound waves from sub-
outreach. merged objects.

1361 J. Acoust. Soc. Am. 108 (4), October 2000 0001-4966/2000/108(4)/1361/6/$17.00 © 2000 Acoustical Society of America 1361
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Loyola Names Richard Fay as Faculty Scholar ASA North Texas Chapter presents awards at
Award Winner 43rd Dallas Morning News—Toyota

Regional Science and Engineering Fair
Loyola University Chicago has selected Richard Fay, professor of psy-

Jo More than 1 nts from 82 North T hool m in th
chology, as one of six winners of the Loyola Faculty Scholars Award. ore than 1000 students from 82 North Texas schools competed in the

> . ) 43rd Dallas Morning News—Toyota Regional Science and Engineering Fair.

These Faculty Scholars represent Loyola’s commitment to rewardgyjitany Boyer, under the guidance of Gretchen Gozu, Wilson Middle
faculty who have demonstrated excellence in both teaching and research ak@hool, Plano ISD, entered the outstanding Junior Acoustics Project. Ms.
in their contributions to advance the mission of the university,” said Boyer used a clarinet and digital tuning meter to investigate effects of hu-
Lawrence Braskamp, senior vice president for academic affairs. “They repmidity, rigidity of wall surfacing, and room volume on musical pittsee
resent a small number of the faculty at Loyola who are worthy of such aFig. 1). Ms. Boyer subsequently won both the Junior Physics Division and
designation.” the Junior Division Grand Prizes.

Fay’s research focuses on the mechanisms of the nervous system that ~ Travis Blakeley and Ben Siegelman, under the guidance of Richard
synthesize perceptions of sound sources. He works primarily with fiShIhleret_, the Gre_enh||| Schoql, Dallas, entered the outstanding S_emor Acous-
tic Project. Their presentation demonstrated that an ultrasonic laboratory
Fay will receive an award of $5,000 annually for the next 3 academicglassware cleaner cguld also_ be used to sterilize. The technique worked with

d will retain the title “Lovola Faculty Scholar” for the remainder glass but not plastic containers. Optical measures, sample counts, and
years, an Y y . changes in cell replication/mutation rates were used to establish the extent of
of his tenure at Loyola. He can use the funds for professional career deve}fultures killed(see Fig. 2 The work was intricate: Dr. Richard Cohen, a
opment. nationally known medical microbiologist, joined Chapter Officers Dr. Peter

The faculty winners were selected from a list of 43 who were nomi- Assmann and Dr. Michael Daly in the review.
nated by their peers and reviewed by a panel, all of whom hold endowed
professorships at the university.

which have simple and primitive vertebrate auditory systems.

Lisa M. Zurk to be Fulbright Scholar

ASA member Lisa M. Zurk of the Massachusetts Institute of Technol- . f
ogy (MIT) Lincoln Laboratory has been awarded a Fulbright program grant - / . = 1
in mathematics to lecture and conduct research at the University of Helsinki, PN 4 L
Finland. The Fulbright grant provides funding in the 2000—2001 academic E R |
year for Dr. Zurk to conduct research in the area of electromagnetic and [
acoustic wave propagation and scattering in stochastic media at the Rol
Nevanlinna Institute.

The Bureau of Educational and Cultural Affairs, U.S. Department of
State sponsors the Fulbright Program, America’s flagship international eduz|G. 1. Brittany Boyer, recipient of the outstanding Junior Acoustics Project
cational exchange program. The program was established in 1946 undeiard, with her entry titled “For the Love of Music.”
legislation by former Senator J. William Fulbright of Arkansas. As part of
the Fulbright program, the U.S. Scholar Program sends approximately 800
established American scholars and professionals a year to more than 125
countries for teaching and research. Recipients of a Fulbright grant are se-
lected on the basis of their academic or professional achievement and thei
demonstrated leadership capabilities in their field.

Lisa Zurk received the BS in computer science from the University of
Massachusetts in 1985, the MS in electrical and computer engineering from
Northeastern University in 1990, and the Ph.D. in electrical engineering
from the University of Washington in 1995. From 1985-1989 she worked at
Nova Biomedical in Waltham, MA, and from 1990-1995 she was a re-
search assistant at the Applied Physics Laboratory in Seattle, WA. Since
1996 she has been a technical staff member in the Advanced Array Tech
nology Group at MIT Lincoln Laboratory. Her research at MIT is in the area
of electromagnetic and acoustic propagation with application to airborne
radar and sonar signal processing. Dr. Zurk also holds an adjunct faculty a
Northeastern University teaching graduate courses in acoustics, electromag
netic theory, and applied mathematics. She has received previous awarc
and distinctions, including the Pew Teaching Leadership Award in 1995, the
Young Scientist Award in 1995, and honorary induction into the Electro-
magnetic Academy in 1999. She is the author of more than 30 technicat|g, 2. Richard Thierefl), Science Department Chair at Greenhill School
papers on electromagnetics and acoustics, and she is a member of thgth Ben Siegelmaric) and Travis Blakeleyr), recipients of the outstand-
Women in Acoustics Committe@Acoustical Society of Amerigaand the  ing Senior Acoustic Project award for their entry titled “Effects of Sonica-
Women'’s Advisory Board at MIT. tion on Sterilization.”

4
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Report of the Auditor

Published herewith is a condensed version of our auditors’ report for calendar year ended 31 December 1999.

Independent Auditors’ Report

To the Executive Council
Acoustical Society of America

We have audited the accompanying statements of financial position of the Acoustical Society of America as of December 31, 1999 and the related
statements of activity and cash flows for the year then ended. These financial statements are the responsibility of the Society’'s managemergibdity respo
is to express an opinion on the financial statements based on our audit.

We conducted our audit in accordance with generally accepted auditing standards. Those standards require that we plan and perform the audit to obtain
reasonable assurance about whether the financial statements are free of material misstatement. An audit includes examining, on a test basis, evidenc
supporting the amounts and disclosures in the financial statements. An audit also includes assessing the accounting principles used andtisigaiéEant e
made by management, as well as evaluating the overall financial statement presentation. We believe that our audit provides a reasonable pasisfor our o

In our opinion, the financial statements referred to above present fairly, in all material respects, the financial position of the Acousticaf Society o
America as of December 31, 1999 and the changes in its net assets and its cash flows for the year then ended in conformity with generally accemed accounti
principles.

CONROQY, SMITH & CO.
Certified Public Accountants
9 June 2000

New York, NY

ACOUSTICAL SOCIETY OF AMERICA
STATEMENT OF FINANCIAL POSITION
AS OF 31 DECEMBER 1999
(With Comparative Totals For 1998 )

1999 1998
Assets:
Cash and cash equivalents .........c.ccccevereieeriesesienns $ 489,533 $2,641,647
Accounts receivable............occeiiiiiiiii 372,836 378,367
Marketable SeCUritiesS..........ccooeveeiiiiiiiiicec e 7,398,853 3,914,155
Furniture, fixtures and equipment—net.............cc...... 118,078 102,218

Other assets 292,934 246,546

Total @SSELS ..vvveeiveiriiiieee it $8,672,234 $7,282,933
Liabilities:
Accounts payable and accrued expenses.................... $ 274,942 $ 205,838
Deferred reVENUE ..........cccoovieiieiiiiiieiee e 1,524,755 1,146,724
Deferred rent liability ........ccccoevveiiiiie i 44,192 46,394
Total liabilitieS.......ccceevverirrieeieieeiee $1,843,889 $1,398,956
Net assets:
(0 (o1 1= SRS $5,601,878 $4,758,932
Temporarily restricted ..........ccoooveeiiiiiiiiee e 598,120 543,563
Permanently restricted ...........ocvevveiieiiieiieieeeeen 628,347 581,482
Total net assets ..........ccocceevveeiccciennn, $6,828,345 $5,883,977
Total liabilities and net assets .............. $8,672,234 $7,282,933

1363 J. Acoust. Soc. Am., Vol. 108, No. 4, October 2000 Acoustical News—USA 1363
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ACOUSTICAL SOCIETY OF AMERICA
STATEMENT OF ACTIVITY
FOR THE YEAR ENDED 31 DECEMBER 1999
(With Comparative Totals For 1998 )

Temporarily Permanently
Unrestricted Restricted Restricted 1998
Net Assets Net Assets Net Assets Total Total
Support and revenue:
CONLBULIONS .ot $ - $ - $ 1,310 $ 1,310 $ 1,309
DUBS oottt 628,110 - - 628,110 693,123
PUBliShiNgG ...ooovieiieiecee 2,088,076 - - 2,088,076 2,158,365
StANAAIAS .. .ooviieiieeii e 366,878 - - 366,878 352,200
MEELINGS ...ttt 239,591 - - 239,591 786,311
Interest and dividends... 271,870 26,933 28,812 327,615 261,216
Unrealized gainloSg.........cccoveiiieenieiieiiieieeieeene 326,017 35,846 39,683 401,546 124,411
OFher .. 60,639 - - 60,639 71,545
Realized gainloss .........cccevveiienninenn. 192,417 20,247 23,421 236,085 280,799
Net assets released from restrictions .............cc...... 28,469 28,469 - - -
Total support and revenue .................... $4,202,067 $ 54,557 $ 93,226 $4,349,850 $4,729,279
Expenses:
PUBIISRING .o $1,783,477 $ - $ - $1,783,477 $1,682,237
SEANAAIAS ...t 461,999 - - 461,999 448,058
Administrative and general ...........coccceeieiieiiiennenns 499,455 - - 499,455 493,500
MEETINGS. ..t e eieeeeieeieeeieee et e e e see e e e snaeeeenes 250,613 - - 250,613 690,157
Oher o 363,577 - 46,361 409,938 437,905
Total EXPENSES....ccuvvieiiiieiiiee e $3,359,121 $ - $ 46,361 $3,405,482 $3,751,857
Increase in Net aSSEetS ......ccceevveeeriieeeiiee e $ 842,946 $ 54,557 $ 46,865 $ 944,368 $ 977,422
Net assets, beginning of year...........cccccocoeeennnen. 4,758,932 543,563 581,482 5,883,977 4,906,555
Net assets, end of year ..., $5,601,878 $ 598,120 $ 628,347 $6,828,345 $5,883,977

1364 J. Acoust. Soc. Am., Vol. 108, No. 4, October 2000
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ACOUSTICAL SOCIETY OF AMERICA
STATEMENT OF CASH FLOWS
FOR THE YEAR ENDED 31 DECEMBER 1999
(With Comparative Totals For 1998 )

Total All Funds

1999 1998
Operating Activities
INCcrease in Net aSSEtS.......ccovvvvieiieeiiiiiieee e $ 944,368 $ 977,422
Adjustments to reconcile net income to net cash
provided by operating activities:

Depreciation and amortization ............ccccoecveenieeenne 31,355 28,964
Unrealized(gain) loss on marketable securities..... (401,545 ( 124,412
Changes in operating assets and liabilities:
(Increase decrease in accounts receivable............. 5,531 ( 151,190
Decreasdincreasein other assets...........c.cccoeeueee.. (46,388 23,821
Increasg(decreasgin accounts payable and
ACCIUE EXPENSES ...eeiiuiiiieiiiieeaiieeeeiieaeeieeeeseeee e 69,104 ( 28,646
(Decreasgincrease in deferred rent liability ......... ( 2,202 166
Increase(decreasgin deferred revenue 378,031 309,819
Net cash flows provided by operating
ACHVItIES .o $ 978,254 $1,035,945
Investing Activities
Purchase of furniture, fixtures, equipment, and
leasehold improvements ...........ccocvevvveeieenennenn. ($ 47,336 ($ 30,017
Proceeds from sale of securities 1,713,644 4,623,945
Purchase of SECUNtIES........cccvvveeeeeeiiiieeee e (4,796,676 ( 3,279,609
Net cash (used in) provided by
investing activities ..........ccocvevvervreenn. ($3,130,368 $1,314,319
Increase (decrease) in cash and cash
EQUIVAIENTS ..o ($2,152,114 $2,350,264
Cash and cash equivalents,
beginning of year .........cccccviiiii 2,641,647 291,383
Cash and cash equivalents, end of year $2, 641,647

1365 J. Acoust. Soc. Am., Vol. 108, No. 4, October 2000
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USA Meetings Calendar

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

which a complete meeting announcement appeared.

22-25 Oct.

4-8 Dec.

4-8 Feb.

22-25 March

2000
IEEE Ultrasonics Symposium, San Juan, Puerto Rico
[R. Almar, 896 Buttonwood Ln., Altamonte Springs, 4-8 June
FL 32714, Fax: 407-290-5181; WWW:
www.uffcsymp2000.or§
Joint Meeting: 140th Meeting of the Acoustical Society
of America/NOISE-CON 2000, Newport Beach, CA
[Acoustical Society of America, Suite 1INO1, 2 Hun-

tington Quadrangle, Melville, NY 11747-4502; Tel.: 15-19 Aug.

516-576-2360; Fax: 516-576-2377,
asa@aip.org; WWW: asa.aip.qrg

E-mail:

2001
Midwinter Meeting, Association for Research in Oto-
laryngology, St. Petersburg, HIARO Office, 19 Man-
tua Rd., Mt. Royal, NJ 08061; Tel.: 856-423-7222; Fax:
856-423-3420; E-mail: meetings@aro.org; WWW:
www.aro.org/mwm/mwm.htnjl
“New Frontiers in the Amelioration of Hearing Loss,”

7-10 Oct.

1366 J. Acoust. Soc. Am., Vol. 108, No. 4, October 2000

30 April-3 May

St. Louis, MO[Sarah Uffman, CID Department of Re-
search, 4560 Clayton Ave., St. Louis, MO 63110; Tel.:
314-977-0278; Fax: 314-977-0030; E-mail:
suffman@cid.wustl.edu

2001 SAE Noise & Vibration Conference & Exposi-
tion, Traverse City, M[Patti Kreh, SAE Int'l., 755 W.
Big Beaver Rd., Suite 1600, Troy, M| 48084; Tel.: 248-
273-2474; Fax: 248-273-2494; E-mail: pkreh@sad.org
141st Meeting of the Acoustical Society of America,
Chicago, IL [Acoustical Society of America, Suite
1INO1, 2 Huntington Quadrangle, Melville, NY 11747-
4502; Tel.: 516-576-2360; Fax: 516-576-2377; E-mail:
asa@aip.org; WWW: asa.aip.drg

ClarinetFest 2001, New Orleans, [r. Keith Koons,
ICA Research Presentation Committee Chair, Music
Dept., Univ. of Central Florida, P.O. Box 161354, Or-
lando, FL 32816-1354; Tel.: 407-823-5116; E-mail:
kkoons@pegasus.cc.ucf.gdiDeadline for receipt of
abstracts: 15 January 2001

2001 IEEE International Ultrasonics Symposium Joint
with World Congress on Ultrasonics, Atlanta, G¥V.
O’Brien, Electrical and Computer Engineering, Univ.
of lllinois, 405 N. Mathews, Urbana, IL 61801; Fax:
217-244-0105; WWW: www.ieee-uffc.org/20D1
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Papers published in JASJ (E)

A listing of Invited Papers and Regular Papers appearing in the latest
issue of the English language version of tlraurnal of the Acoustical Soci-

ety of JapanJASJE), was published for the first time in the January 1995

issue of the Journal. This listing is continued below.
The July 2000 issue of JASS), Vol. 21, No. 4, contains the following

contributions:

M. Ohta, A. lkuta, K. Hatakeyama, and H. Ogawa, “A practical determina-
tion of an optical order of state probability distribution expression with

January 2001
14-17

hierarchical expansion form observed in the actual sound and vibration en-

vironment”

T. Yoshimura, K. Tokuda, T. Masuko, T. Kobayashi, and T. Kitamura, March 2001
“Speaker interpolation for HMM-based speech synthesis system”
H. Habibzadeh Vaneghi and S. Kitazawa, “An approach to auditory neural
transduction reverse model”

International Meetings Calendar

26-29

April 2001
9-11

Below are announcements of meetings to be held abroad. Entries pre-

3-25

ceded by arf are new or updated listings with full contact addresses given<>~
in parenthesesMonth/yearlistings following other entries refer to meeting
announcements, will full contact addresses, which were published in previ-
ous issues of thdournal

October 2000

3-5

3-6

12-14

16-18

16-20

26-27

November 2000

10-12

15-16

17-19

24-27

December 2000
4-7

1369 J. Acoust. Soc. Am. 108 (4), October 2000

WESTPRAC VII, Kumamoto. (Web:
cogni.eecs.kumamoto-u.ac.jp/others/westpr&¢J8
EUROMECH Colloquium on Elastic Waves in
NDT, Prague. (Fax: +420 2 858 4695; e-mail:
ok@bivoij.it.cas.cz 10/99

International Conference on Newborn Hearing
Screening, Milan. (Fax: +39 2 23993367/.60; Web:
www.biomed.polimi.it/nh200p2/00

2nd Iberoamerican Congress on Acoustics, 31st Na-
tional Meeting of the Spanish Acoustical Society,
and EAA Symposium, Madrid. (Fax: +34 91 411
7651; e-mail: ssantiago@fresno.csi¢.22/98

6th International Conference on Spoken Language
Processing,Beijing. (Fax: +86 10 6256 9079; Web:
www.icslp2000.org 10/98

*7th Mexican Congress on Acousticsyeracruz, Ver.,
Mexico. (S. Beristain, P.O. Box 75805, Col. Lindavista,
07300 Mexico D. F., Mexico; e-mail:
sberista@maya.esimez.ipn.mx

Institute of Acoustics Autumm Conference (Indus-
trial Noise), Stratford-upon-Avon, UK.(Fax: +44
1727 850553; Web: www.ioa.org.u8/00

*Australian Acoustical Society Conference Perth—
Joodalup Resort, Australia(Conference Secretary,
Australian Acoustical Society, WA Division, P.O. Box
1090, West Perth, WA 6872, Australia; e-mail:
dlloyd@ermperth.erm.com.au

Reproduced Sound 16, Stratford-upon-Avon, UK.
(Fax: +44 1727 850553; Web: www.ioa.org.u&/00
21st Tonmeistertagung (VDT International Audio
Convention), Hannover, Germany(Fax: +49 2204
21584; Web: www.tonmeister.gé/00

*8th Australian International Conference on

May 2001
21-25

28-31

July 2001
2-6

August 2001
28-30

September 2001
2-7

10-13

October 2001
17-19

March 2002
4-8

0001-4966/2000/108(4)/1369/2/$17.00

Speech, Science, and TechnologyCanberra, Aus-
trashlia. (S. Barlow, Secretary SST-2000, School of
Computer Science, Australian Defence Academy,
Northcott Drive, Canberra, ACT 2600, Australia; Web:
www.cs.adfa.edu.au/ssst2000

*4th European Conference on Noise Controleuro-
noise 200}, Patras, Greece(LFME, University of
Patras, P.O. Box 1400, Patras 26500, Greece; e-mail:
euronoise2001@upatras).gr

*German Acoustical Society Meeting(DAGA 2001),
Hamburg-Harburg, Germany. (e-mail:
dega@aku.physik.uni-oldenburg)de

Acoustical Oceanography, Southampton, UK.(Fax:
+44 1727 850553; Web: www.ioa.org.u&/00

*1st International Workshop on Thermoacoustics,
s’Hertogenbosch, The Netherlang€. Schmid, Acous-
tical Society of America, Suite 1INO1, 2 Huntington
Quadrangle, Melville, NY 11747-4502, USA; Web:
www.phys.tue.nl/index.html

*5th International Conference on Theoretical and
Computational Acoustics (ICTCA2001), Beijing,
China. (E. C. Shang, CIRES, University of Colorado,
NOAA/ETL, Boulder, Colorado, USA; Faxi1 303
497 3577; Web: www.etl.noaa.gov/ictcg01

*3rd EAA International Symposium on Hydro-
acoustics,Jurata, PolandG. Grelowska, Polish Naval
Academy, Smidowkcza 69, 81-103 Gdynia, Poland;
Fax: +48 58 625 4846; Web: www.amw.gdynia.pl/pta/
sha2001.html

8th International Congress on Sound and Vibration,
Kowloon, Hong Kong.(Fax: +852 2365 4703; Web:
www.iiav.org 8/00

INTER-NOISE 2001, The Hague.(Web: internoise
2001.tudelft.nl 6/99

17th International Congress on Acoustics(ICA),
Rome. (Fax: +39 6 4424 0183; Web:
www.uniromal.it/energ/ica.htmL0/98

International Symposium on Musical Acoustics
(ISMA 2001), Perugia(Fax: +39 75 577 2255; e-mail:
perusia@classico)itt0/99

32nd Meeting of the Spanish Acoustical Societyl.a
Rioja. (Fax: +34 91 411 76 51; Web: www.ia.csic.es/
seal/index.htm|10/99

*German Acoustical Society Meeting(DAGA 2002),
Bochum, Germany(J. Blauert, Institute of Communi-

© 2000 Acoustical Society of America 1369
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September 2002
16-21

cation Acoustics, Ruhr-Universit8ochum, 44780 Bo-

chum, Germany; Fax:i+49 234 321 4165; Web:

www.ika.ruhr-uni-bochum.de

Forum Acusticum 2002 (Joint EAA-SEA-ASJ Meet-
ing), Sevilla. (Fax:
www.cica.es/aliens/forum2002/00

1370 J. Acoust. Soc. Am., Vol. 108, No. 4, October 2000

+34 91 411 7651; Web:

December 2002
2-6

*Joint Meeting: 9th Mexican Congress on Acoustics,
144th Meeting of the Acoustical Society of America,
and 3rd Iberaoamerican Congress on Acoustics.
(Mexican Institute of Acoustics. P.O. Box 75805, Col
Lindavista, 07300 Mexico D. F., Mexico; e-mail:
sberista@maya.esimez.ipn.mx; Web: asa.aip.org
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TECHNICAL PROGRAM SUMMARY

Joint Meeting: 140th Meeting of the Acoustical Society of America and NOISE-CON 2000
Newport Beach Marriott Hotel and Tennis Club
Newport Beach, California

3-8 December 2000

TENTATIVE AGENDA—SUBJECT TO CHANGE

*Indicates Special Session

Sunday Afternoon, 3 December Tuesday Morning, 5 December

OpNSa NOISE-CON and Noise: Theoretical and Experimental*2aAA Architectural Acoustics and Engineering Acoustics:

Noise Control

Loudspeaker Student Design Competition

OpNSb NOISE-CON and Noise: Active Noise and Vibration *2aA0 Acoustical Oceanography: Bioacoustics IlI

Control *2aBB Biomedical Ultrasound/Bioresponse to Vibration/
OpNSc NOISE-CON and Noise: Aircraft Noise Physical Acoustics and Acoustical Oceanography: Detec-
OpNSd NOISE-CON and Noise: Community Noise tion and Characterization of Bubbles, Acoustic Cavita-
OpNSe NOISE-CON and Noise: Plenary Session—Global Play- tion, and Associated Physical Effects |

ers in Acoustic Standardization *2aEA Engineering Acoustics: Ultrasonic Sensors and Motors
*2aNSa Noise and NOISE-CON: Soundscapes
*2aNSh Noise and NOISE-CON: Power Plant Noise Control and
Prediction and Industrial Noise
*2aNSc Noise, NOISE-CON and Architectural Acoustics: Inter-

Monday Morning, 4 December

national Noise Standards

*2aSA Structural Acoustics and Vibration: Signal Processing in
*1aA0 Acoustical Oceanography: Bioacoustics | Acoustics, and Physical Acoustics: Diagnostics of Vibra-
*1aBB Biomedical Ultrasound/Bioresponse to Vibration Topical tion and Noise in Structures |
Meeting: Physics of Echo-Contrast Agents | 2aSC Speech Communication: ArticulatidPoster Session
laNSa NOISE-CON and Noise: Plenary Session—Noise Controf2aUW Underwater Acoustics and Acoustical Oceanography:
Engineering for the Airport Railway in Hong Kong High-Frequency Sediment Acoustics and Associated
1aNSh NOISE-CON, Noise and Architectural Acoustics: Heat- Sediment Properties and Processes |
ing Ventilating and Air Conditioning Noise
laNSc NOISE-CON and Noise: Classroom Acoustics
1aNSd NOISE-CON, Noise and Engineering Acoustics: Noise 1uesday Afternoon, 5 December
Control Materials and Elements
1laSC Speech Communication: All Things Prosdéfoster Ses-  2pAA Architectural Acoustics: Building Renovation and Sound
sion) Scattering and Absorption
*2pABa Animal Bioacoustics: Distinguished Lecture on Ultra-
sonic Eyeglasses for the Blind
*2pABb Animal Bioacoustics and Noise: Standards and Animals:
Where are We?
Monday Afternoon, 4 December *2pBB Biomedical Ultrasound/Bioresponse to Vibration, Physi-
cal Acoustics and Acoustical Oceanography: Detection
*1pAA Architectural Acoustics and Engineering Acoustics: and Characterization of Bubbles, Acoustic Cavitation,
Loudspeaker Student Design Competition and Physical Effects Il
*1pAO Acoustical Oceanography: Bioacoustics I 2pEA Engineering Acoustics: Acoustic Measurements and Ma-
*1pBB Biomedical Ultrasound/Bioresponse to Vibration Topical terials Characterization
Meeting: Physics of Echo-Contrast Agents I *2pED Education in Acoustics: Informal Education in Acoustics
1pNSa NOISE-CON and Noise: Plenary Session-Product Sound2pNSa Noise, NOISE-CON and Architectural Acoustics: Envi-
Quality—From Perception to Design ronmental Noise Focused on Combined Noise Sources
*1pNSb NOISE-CON, Noise and Engineering Acoustics: Perfor- *2pNSb Noise and NOISE-CON: Construction Machinery Noise
mance Assessment of Acoustical Test Rooms Limits and Means of Compliance
*1pNSc Noise and NOISE-CON: Noise Standards—Challenges to 2pNSc Noise and NOISE-CON: Vehicle Noise and Vehicle
Quieter Products Noise Tests
1pNSd NOISE-CON and Noise: Community Noise and *2pNSd Noise and NOISE-CON: Power Plant Acoustics Round
Community-Noise Barriers Table
1pSA Structural Acoustics and Vibration: Methods for Control 2pSA Structural Acoustics and Vibration Signal Processing in
of Vibration and Radiation Acoustics and Physical Acoustics: Diagnostics of Vibra-
1pSC Speech Communication: Learning and Cognitive Process- tion and Noise in Structures |
ing (Poster Session 2pSC Speech Communication: Measuring and Modeling
1pSP Signal Processing in Acoustics: Signal Processing Tech- Speech and VoicéPoster Session
niques *2puUwW Underwater Acoustics and Acoustical Oceanography:
1puw Underwater Acoustics: Scattering High-Frequency Sediment Acoustics and Associated

Sediment Properties and Processes ||

Wednesday Morning, 6 December

Monday Evening, 4 December

*1lelD

1371 J. Acoust. Soc. Am. 108 (4), October 2000

*3aAA
Tutorial Lecture on Virtual Musical Instruments

0001-4966/2000/108(4)/1371/2/$17.00

Architectural Acoustics: Integration of Synthesis Tech-
nigues and “Acoustical” Music

© 2000 Acoustical Society of America 1371
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Speech Communication and Archives and History:
Speech Communication Within the Acoustical Society of

Underwater Acoustics and Signal Processing in Acous-
tics: Acoustic Time Reversal and Acoustic Communica-

Architectural Acoustics: Technical Committee on Archi-
tectural Acoustics Vern O. Knudsen Distinguished Lec-

Architectural Acoustics: Building Acoustics Test Stan-

Animal Bioacoustics: William Cummings Session on the
Acoustics of Whales and Dolphins |
Acoustical Oceanography: Acoustic Measurements of

Musical Acoustics: Historical Brasses and Related Instru-
Musical Acoustics: Concert Performance by the Ameri-

Noise: Hearing Protection Standards

Physical Acoustics, Noise, S2, Signal Processing in
Acoustics and Structural Acoustics and Vibration: Novel
Optical Techniques for Measuring Surface Vibration
Structural Acoustics and Vibration: Sound/Structure In-

Speech Communication: Kenneth Stevens’ Contributions
to Speech Research: Influences and Future Directions

Signal Processing in Acoustics, Underwater Acoustics,
Speech Communication: Blind Deconvolution and Source

Architectural Acoustics: Speech Privacy and Speech In-

telligibility in the Built Environment

Animal Bioacoustics: William Cummings Session on the

Acoustics of Whales and Dolphins Il

Engineering Acoustics: Special Purpose Acoustic Sources
Physical Acoustics: Scattering—Periodic and Aperiodic
Psychological and Physiological Acoustics: Complex
Sounds: Physiology to Application

Speech Communication: Functional Neuroanatomy and
Neurophysiology of Spoken Word Recognition and

Underwater Acoustics: Matched Field Processing and

Architectural Acoustics: Measures of Auditorium Acous-

Physical Acoustics: Outdoor Sound, Mostly
Speech Communication: Second Language Learning and

*3aABa Animal Bioacoustics: Use of Acoustics for Wild Animal *4aSCh
Surveys
3aABb Animal Bioacoustics: General Topics in Bioacoustics America
3aA0 Acoustical Oceanography: Special Topics 4auw
3aBB Biomedical Ultrasound/Bioresponse to Vibration: Thera-
peutic and Diagnostic Ultrasound tions
*3aEA Engineering Acoustics: International Comparison of Cali-
bration and Measurements
*3aMU Musical Acoustics: Asian Musical Instruments and Tra- Thursday Afternoon, 7 December
ditions |
3aPA Physical Acoustics: Thermoacoustics | *4pAAa
3aSA Structural Acoustics and Vibration: Vibrations of Struc-
tures ture
*3asC Speech Communication: Alvin M. Liberman and the De- *ApAAD
velopment of Scientists dards
3asP Signal Processing in Acoustics: Acoustical Imaging *4pAB
3auw Underwater Acoustics: Modeling
*4pAO
Sediment Transport
Wednesday Afternoon, 6 December *4pMUa
ments
*3pAA Architectural Acoustics: Amphitheater Acoustic Design *4PMUb
and Sound Control for Nearby Communities cus Brass Band
*3pID Interdisciplinary: Hot Topics in Acoustics *4pNSa
*3pMU Musical Acoustics: Asian Musical Instruments and Tra- *4PPA
ditions Il
*3pNSa Noise and Archives and History: Acoustical Society's
Role in Noise Control pPSA _
3pPA Physical Acoustics: Thermoacoustics |1 teraction
3pPP Psychological and Physiological Acoustics: Potpourri “4PSC
(Poster Sessign
3pSA Structural Acoustics and Vibration: Acoustic Scattering “4PSP
from Elastic Structures e )
3pSC Speech Communication: Signal Processing for Speech Separation in Acoustics
(Poster Sessign
3puw Underwater Acoustics: Propagation
Friday Morning, 8 December
Thursday Morning, 7 December *5aAA
* ; . : *5aAB
4aAA Architectural Acoustics: Theme Park Acoustics
*4aAB Animal Bioacoustics: Instrumentation for Animal Bio- 5aEA
acoustics Monitoring and Measurements 5aPA
*4aA0 Acoustical Oceanography: Acoustical Oceanography and SaPP
Satellite Remote Sensing a
4aEA Engineering Acoustics: Acoustic Noise Characterization 5aSC
and Mitigation
*4aED Education in Acoustics and Noise: Public Education in .
Noise Speech Perception
*4aMUa Musical Acoustics: Model Analysis Techniques in Musi- Salw ;
cal Acoustics Beamforming
4aMUb Musical Acoustics: General Topics in Musical Acoustics
4aPA _Fohggig:al Acoustics: Propagation and Mixed Physical Friday Afternoon, 8 December
4aPP Psychological and Physiological Acoustics: Pitch, Loud-
ness, and Localization 5pAA
*4aSA Structural Acoustics and Vibration: Acoustic Microsen- tics
sors 5pPA
4aSCa Speech Communication: Auditory Function and Segmen- 5pSC
tal Perceptior{Poster Session Use (Poster Session
1372 J. Acoust. Soc. Am., Vol. 108, No. 4, October 2000
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BOOK REVIEWS

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

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

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

Fourier Acoustics: Sound Radiation as windowing, z_eropadding, and fiIte_ring disqussed, s_pe(_:ific_method_s to
. . implement each is given. The discussion of noise and filtering is especially
and Nearfield Acoustical Holography well done. This chapter presents material that is not completely contained in
- the archival literature. Chapter 3 can be used as a manual for writing or

Earl G. Williams understanding a NAH program.

Chapter 5 presents NAH in cylindrical coordinates. Several case stud-
ies that have been published in archival journals are presented. Chapter 7
presents NAH for spherical coordinates. While there are no examples given

Dr. Earl Williams has made exceptional contributions to structural @ in previous chapters, there is a brief discussion of the interior problem.
acoustics during his career. This book represents many of these accomplish- In the final chapter, Chap. 8, Green’s functions and the Helmholtz
ments. Most importantly, this book provides an excellent self-contained refintegral are discussed for the purposes of presenting conformal NAH. This
erence for nearfield acoustical hologragh§AH) and related wave number @llows NAH to be extended to arbitrary geometries. While the discussion is
processing techniques. In addition to clear explanations of physical phenon00d, no data is presented that effectively demonstrates applications. This
ena, Dr. Williams provides superb descriptions of the details needed tdeads to one common criticism of NAH and the Fourier transform tech-
implement the processing on a computer. Figures are used expertly to makéques for structural radiation, that they can only be applied to nearly planar,
important points that are often hard to visualize with words alone. cylindrical, or spherical shapes. This severely limits the applicability of this

The book does require a good background in acoustics and structuranaterial to areas such as noise control where complex shapes are the norm.
vibrations to understand all that is in it. However, as | am finding out with This book is a valuable resource for anyone working in the area of
a new graduate student, it does provide good explanations on how to impléNAH and structural acoustics. It is especially helpful to have a clear refer-
ment the NAH processing so that the student can develop the physicance on NAH that combines all the material in archival journal articles into
understanding while working with data. one place. Dr. Williams should be commended for clearly communicating

| would recommend it very highly as a reference book for people usinghis exceptional contributions and understanding of NAH and structural
NAH in their work and as a text in a course on measurement techniqueacoustics.
such as NAH. This could also serve as a supplemental book to a course on
structural acoustics. The author provides problems at the end of each chap- ADIN MANN IIl
ter. [S0001-496600)01910-X]

The book begins with a review of Fourier transforms and special func-jowa State University
tions that will be used in the following chapters. The review includes a brief2271 Howe Hall
comparison of contmuoqs and discrete Fourier tran_sforms. The_: r_eferencg I"ﬂmes, lowa 50011
is short, but the chapter is complete enough to provide the basic information.

Chapter 2 is a key chapter of the book and is packed with a wealth of

information, showing how the plane wave can be used to study sound raT he Acoustics of Speech Communication:

diation from planar structures. The chapter begins with a basic discussion <1f_. d tals. S h P ti Th
wavenumbers, making a distinction between the wavenumber of a freely undamentals, speec erception eory,

propagating plane wave and the wavenumbers in the wavenumber spectru@nd Technology

The definitions of sound intensity are also presented along with a discussion

of evanescent waves. Dr. Williams then presents a plane wave expansion as J. M. Pickett

a means to introduce the wavenumber processing. This can help the reader

understand the wavenumber spectrum, calculated from a spatial Fourier ~ Allyn and Bacon, Boston, Massachusetts, 1999.

transform, in terms of a physically understandable plane wave. Finally, the 404 pp. Price: $64.00 (hardcover), ISBN: 0-205-19887-2.

expansion is applied to understanding the sound radiation from planar ra-

diators as Rayleigh’s integral is implemented with the Fourier transform. J. M. Pickett successfully accomplished the basic aim of his book, “to

There is a good discussion of supersonic intensity. Sound radiation froneach the technical acoustics of speech and its perception to the nontechnical

baffled pistons and arrays is discussed along with edge and corner modgudent.” His 1999 text is divided into two sections and is an updated,

radiation from vibrating plates. This chapter is well done and provides a&nhanced, and well-expanded version of his 1980 text. The first ten chapters

good basis to physically understand the wavenumber spectrum. A persode written by Pickett and provide a general description of the acoustics of

could spend a long time working through this chapter alone. speech, speech analysis, and English speech sound distinctions. Chapters
Chapters 4 and 6 present similar material, but for cylindrical and11-16 deal with speech perception and include chapters by Winifred

spherical coordinates. While each is less extensive than Chap. 2, they pr&trange, Sarah Hawkins, and Sally Revoile. Chapter 17 reviews speech tech-

vide excellent information on the wave functions in each coordinate. Bothnology.

the interior and exterior problems are discussed. The characteristics of the  Pickett begins Chap. 1 by describing the difference between a pho-

sound radiation from cylindrical and spherical objects are emphasized imeme and an allophone and the importance of the syllable. He provides a

each respective chapter. cursory review of anatomy to aid in the understanding of the sound source
Chapters 3, 5, and 7 present the inverse problem in planar, cylindricaland radiation characteristics. In ten chapters, he successfully moves the

and spherical coordinates: nearfield acoustical holography. Chapter 3 clearfgader from the phonetic segment to conversational speech. Chapter titles

describes the signal processing steps for NAH. Not only are the steps sudre

Academic Press, London, 1999.
xi+306 pp. Price: $79.95 (hardcover), ISBN: 0-12-753960-3.
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Language, Phonetics, and Speech Production Foreign Listeney, Sarah Hawkins presents information on general auditory

Sounds, Resonance, and Spectrum Analysis capabilities, phonological development, and infant and animal perception.
Vowel Shaping and Vowel Formants Specific speech perception research methodologies are described and se-
The Glottal Sound Source and the Spectra of Vowels lected results are presented. Hawkins carefully describes and evaluates the
Prosodic and Tonal Features two classical speech perception theories: Lieberman’s motor theory and
Consonant Features, Glides, and Stops Steven’s quantal theory in Chap. 14ooking for Invariant Correlates of
Consonants: Nasal, Stop, and Fricative Manners of Articulation Linguistic Units: Two Classical Theories of Speech Perceptibore re-
Consonants: Features of Place of Articulation cent theories such as direct realist theory of speech perce(fonler,
The Flow of Speech 1986, articulatory phonology(Browman and Goldstein, 1982and Diehl

Chapter 10 does a very nice job tying everything together for the reader ang@nd colleagues’ auditory enhancement theory are presented in Chap. 15
eevaluating Assumptions about Speech Perceptionthis chapter the

presents the big picture of speech production. Pickett emphasizes the need® -
attend to conversational speech and not get lost in the segment. He sharsiengths and weaknesses of each theory are defined and compared. More-

his hope that future analyses will be able to use the movement flow insteaBVer, Hawkins provides an overview of models of developmental perception
of the segment as the fundamental starting point. Throughout the text, Picknd @ complete evaluation of the assumptions of speech perception and the
ett provides nice examples that keep the reader interested and allow tfgesented theories. _ . .
beginning student to grasp difficult concepts. Common scenarios that relate Sally. Revoile !eads th? reader through a hearing evaluat|c_)n' of an in-
to specific physiological functions are frequently included. For example, thedividual with a hearing loss in Chap. 1Biearing Loss and the Audibility of
glottal source sound is compared to a New Year's noisemaker. When Rhoneme Cugs She explains which acoustic characteristics present the
vocal track or horn is added to the sound source, the resultant sound @eatest problems for a hypothetical individual with a hearing loss and helps
altered. An additional helpful aspect of the text for the beginning student ighe reader understand why specific sounds are problematic. Figures visually
the inclusion of specific rules. For example, to help understand the man{€lp the reader understand the acoustic properties that are audible to indi-
variables related to formant changes, Pickett provides length and constriddduals with normal hearing and individuals with different levels of hearing
tion rules and discusses why they affect specific formants. Moreover, théoss.
selection of diagrams and figures included in the text is excellent and greatly ~ The final chapter of the book, Speech Technology, discusses speech
aids understanding. technology and includes segments by Pickett, Juergen Schroeter, Corine
An advantage of the text is the cross-linguistic, disordered, and develBickley, Ann Syrdal, and Diane Kewley-Port. The reader is given a brief
opmental information interspersed throughout the book. Phonology notdistory of speech synthesis and speech recognition. Common problems and
boxes in each chapter describe how the phonological patterns of differerifewer systems are described and evaluated. Additionally, clinical applica-
languages fit into the acoustic information just presented. These will be ver§ions of synthesized speech are discussed.
useful to the instructor who is trying to facilitate student understanding of A major benefit to the text is found in the appendices. Appendix A
the differences between English phonemes and phones as well as crogiiscusses the need to incorporate laboratory exercises into any course of
linguistic differences. Further, the inclusion of disordered speech examplePeech and hearing science. Several acoustic software packages are named
makes this text an excellent choice for beginning speech-language patholo@nd references for more complete reviews are included. Pickett has devel-
students. After reading the first section of the text and studying the helpfuPPed a lab to go with each of the chapters in the text. He notes that the labs
figures, one should have a stable understanding of the acoustic elements & not completely self-explanatory and students will need the guidance of
English phonemes and comprehend important differences between speciﬁbeir instructor. Notes to the instructor are included and should help avoid
manners and places of articulation. common trouble areas. Appendix B provides book reviews that will be of
Part two of the text discusses the perception of speech. Winifrednterest to phoneticians, linguistics, and speech-language pathologists.
Strange walks the reader through the perception of vowels and consonants in ~ Pickett’'s text is easy to read, enjoyable, and an excellent choice for the
Chaps. 11(Perception of Vowelsand 12(Perception of ConsonantsThe nontechnical student. This reviewer highly recommends this text for intro-
acoustic differences between place of articulation and voicing and the reductory speech and hearing science courses.
sulting perceptual properties are carefully discussed. Categorical and con-
tinuous perception of speech and nonspeech acoustic signals are thorougfyIERRILL R. MORRIS
explained. Further, the complexities in the perceptual processes that enadl§0001-49660)02010-5
the listener to understand the phonetic message even when the acousBepartment of Communication Sciences and Disorders
patterns vary as speech speeds up and slows down is discussed. In Chap.R@&khurst University
(Auditory Capacities and Phonological Development: Animal, Baby, andKansas City, Missouri 64110-2561
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5,986,224

43.35.Yb ACOUSTIC CONDITION SENSOR
EMPLOYING A PLURALITY OF MUTUALLY NON-

ORTHOGONAL WAVES

Joel Kent, assignor to Elo TouchSystems, Incorporated

SPEAKER

16 November 1999Class 17818.04; filed 19 April 1995 5 October 1999(

5,963,640

43.38.Ja RADIOTELEPHONE HAVING AN
ACOUSTICAL WAVE GUIDE COUPLED TO A

Karl W. Rabe, assignor to Ericsson, Incorporated

Class 379433); filed 7 November 1996

Some touchscreen systems generate acoustic surface waves and then \when using a standard telephone handset, the receiver is normally in
dete_ct dlsturpances in their transm|§5|on. The patent c_jescrlbes an improved o~ with, or very close to, the user's ear. Flip-top portable telephones
version of this general method, using at least two distinct sets of WaVeg hioy the same geometry. The inventor argues that the response of min-

which overlap temporally or physically. More than 30 illustrations clarify

iaturized transducers

the concept. The text is well written and includes a thorough survey of thedB/oct below 1 kHz.

art of touchscreen design.—GLA

5,857,027

43.38.Ja LOUDSPEAKER

Alexandr Sergeevich Gaidarov and Alxei Vladimir Vinogradov,
both of Moscow, Russian Federation
5 January 1999(Class 381182); filed in Russian Federation 6 Au-

gust 1993

Two mid-range speakers face each other in a vertical array. Counter-
radiating high-frequency transducers are located between them. This geom-
etry attempts to “reconstruct” the main reverberation component by bounc-

used for this application typically roll off at about 12
This can be acoustically equalized by conducting
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ing sound energy off the floor and ceiling, thus providing a feeling of pres-
ence while minimizing Doppler distortion.—GLA
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5,933,769
sound from transduce24 through an elongated waveguid® having a
varying cross-sectional area. Presumably this arrangement allows greatg3.38.Si PORTABLE TELEPHONE CAPABLE OF
freedom in product design than simply equalizing the amplifier that driveSDECREASING NOISE
the receiver—GLA

Yasuhiro Kaneko, assignor to NEC Corporation
3 August 1999(Class 45%296); filed in Japan 11 July 1996

One would expect a major international corporation such as NEC to
insist on the best possible English translation when filing for a patent in the
United States. The patent at hand is a curiousity, a throwback to the time

6,014,448
43.38.Ja FLUID COUPLED SUBWOOFER

ACOUSTIC ENCLOSURE SYSTEM when brochures and owner’'s manuals were written in Pidgin English. The
invention embodies improved noise suppression circuitry for use in portable
Noyal J. Alton, Jr., assignor to Sound Related Technologies telephones. Two switchable low-pass filters are selected in relation to rf field

11 January 2000(Class 381351); filed 5 November 1997 intensity by making use of a logic table. —GLA

At one time or another, consumers have used water-filled radiators, hot
water bottles, water skis, and water beds. At long last comes the announce-
ment of a water-coupled loudspeaker. Twin woof&&0 are located in
vented cavity20. Side walls70 are flexible and may be segmented. Com-
pression chamberk35 couple sound pressure to flexible support wak®

6,009,178

% 43.38.Si METHOD AND APPARATUS FOR
_\ CROSSTALK CANCELLATION
100

35 Jonathan S. Abel and Stacy Lynn Welsh, assignors to Aureal
B Semiconductor, Incorporated
28 December 1999Class 3811); filed 16 September 1996

A number of earlier schemes have been devised to allow accurate

—— 145 perception of binaural recordings when reproduced from loudspeakers rather
— 10 than headphones. The patent describes circuitry which provides reasonably
good reproduction even when the listener is not at the ideal location, or if
the head-related transfer function of the listener does not correspond well
P o 40 with the function used to design the system.—GLA
50
n
60 —11 ~— 150
20
50 | | +— 60
0~ 150 10 6,010,216
N 43.38.Si “HEAR SPEAK” TWO-WAY VOICE RADIO
= = COMMUNICATIONS EYEGLASSES

Daniel Stephen Jesiek, Flint, Michigan
4 January 2000(Class 351158); filed 19 January 1993

The invention is similar to a binaural, eyeglass-frame hearing aid ex-
cept that it is really a hands-free walkie-talkie. At least one of the earbuds
. ; H also serves as a microphone, picking up voice signals traveling up the Eus-

J tachian tube.—GLA
90

and then to bladders00 filled with fluid 110 For reasons not explained in
the patent document, this arrangement is said to efficiently reproduce,
“...the vibrating sensations felt by audio signals below 20 Hz that are typi- 5,771,294

cally present during a live performance...."—GLA
43.38.Vk ACOUSTIC IMAGE LOCALIZATION
APPARATUS FOR DISTRIBUTING TONE COLOR

6,014,239 GROUPS THROUGHOUT SOUND FIELD
43.38.Kb OPTICAL MICROPHONE Toshihiro Inoue and Hiroyuki Torimura, assignors to Yamaha
Corporation
James T. Veligdan, assignor to Brookhaven Science Associates 23 June 1998(Class 38117); filed in Japan 24 September 1993

11 January 2000(Class 35172); filed 12 December 1997 In recent years, a great amount of effort has been dedicated to produc-

More than 50 years ago Philco marketed a “beam of light” phono- ing stable, well-localized, phantom sound sources at locations beyond the
graph pickup. The stylus wiggled a small mirror which deflected a beam ofspacing of stereo loudspeakers. In most cases, this work has been targeted at
light across the aperture of a photocell. This diaphragmless microphone isomputer games or reproducing surround sound channels without surround
considerably more sophisticated. It employs a laser and beamsplitter in asound loudspeakers. However, numerous other applications come to mind.
arrangement that measures changes in the local refractive index resultifigpr example, an electronic keyboard instrument might have controls to set
from the passage of sound waves. In comparison with conventional microlocations of individual voices. The patent describes a sophisticated method
phones, advantages cited include greater sensitivity, unlimited bandwidthof doing just that. It is clearly written and should be of interest to anyone
and attenuation of popping “P” sounds.—GLA involved with electronic music.—GLA
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5,953,067 to the backing plate is sensed via changes in the electrostatic capacity. In
order to make the vibration sensor less responsive to airborne sound, a series
43.38.Vk MULTICHANNEL TELEVISION SOUND of holes is provided in the diaphragm near its circumference, leaving only
STEREO AND SURROUND SOUND ENCODER thin radial strips to support the diaphragm.—EEU

Sealtiel Avaloset al, assignors to Cable Electronics, Incorporated
14 September 1999Class 348485); filed 25 August 1997

The surround sound that {sccasionally heard from present-day TV
receivers is transmitted as part of the amplitude-modulated L-R stereo sig-
nal. According to the patent, most modulators have excessive rolloff at high 6,033,756
frequencies, which effectively filters out some or all of the surround sound
information. The patent describes a method of using preemphasis compan63-50-Gf APPARATUS FOR AND METHOD OF
ing, and synchronizing circuitry to transmit stereo and surround sound iIPATTENUATING ACOUSTIC ENERGY
accordance with multichannel television sound protocol.—GLA
Paul Handscomb, assignor to Pritex Limited
7 March 2000 (Class 428138); filed in the United Kingdom 4 De-

6,032,552 cember 1996

The sound-absorbing surface arrangement described in this patent is
43.40.Tm VIBRATION CONTROL BY CONFINEMENT intended for use in headliners of cars, for architectural applications, or the
OF VIBRATION ENERGY like. It consists of three layers, the middle one of which is of closed cell

foam and has a series of holes through it. A layer of open-cell foam or of
Daryoush Alleai, assignor to Quality Research Development & fibrous material is located between the aforementioned one and an essen-
Consulting, Incorporated tially impermeable surface, such as the roof of a car or the wall of a room.
7 March 2000 (Class 74574); filed 7 August 1995 The holes in the closed-cell foam layer and the air space in which the
This patent addresses the confinement of vibration to one or mor@pen-cell layer is located constitute an array of Helmholtz resonators; the
specified areas of a mechanical structure, in order to reduce the vibratiorgpen-cell material serves to broaden and reduce their absorption spectrum
that reach other areas. This confinement is achieved by means of devicegaks. Another open-cell layer is placed atop the entire assembly for the
that do not permit vibrations to be transmitted past them. These devicegurpose of increasing the high-frequency absorption.—EEU
effectively apply translational and torsional forces, and they may be active
or passive. The patent reviews the underlying theory and illustrates numer-
ous embodiments, largely applicable to beams, in which flexural wave
propagation can be inhibited by preventing rotations and lateral
translations.—EEU

6,035,965
6.035.980 43.50.Gf SOUND ABSORBING BODY, SOUND
' ' ABSORBING BOARD, AND SOUND ABSORBING

43.40.Tm MAGNETIC SPRING HAVING DAMPING UNIT

CHARACTERISTICS AND VIBRATION

MECHANISM HAVING SAME Kyoji Fujiwara et al, assignors to Nitto Boseki Company, Limited

14 March 2000(Class 181293); filed in Japan 11 October 1994
Etsunori Fujita et al, assignors to Delta Tooling Company, This patent relates to sound absorption for ceilings and walls in build-

Limited o . ings, tunnel walls, and outdoor installations. The primary element consists

14 March 2000(Class 188267); filed in Japan 8 April 1996 of a board of fibrous material with a larger number of through-holes, which

This patent basically relates to suspension seats as may be used jiay be placed against a rigid surface either directly or with some standoff.

off-road vehicles, trucks, etc., for the purpose of isolating the seats’ occua major concern addressed by this patent is improvement of the visual
pants from vibrations. It describes a series of configurations that emplo)éppearance of this board, largely to avoid “flicker.” This improvement is

opposing magnqts and mechanical linkages to obtain nonllqear SPring chafipieyed by various configurations in which the openings of the holes on the
acteristics of various types. It presents some related theoretical analyses agqje that can be seen are widened, deepened, and partially covered with
the results of corresponding calculations, as well as some experimentaﬂ ' )

visually attractive elements. These elements, which may be in the form of
data.—EEU ) . .

strips or disks, etc., are configured so that they do not obstruct sound trans-

mission into the holes significantly.—EEU

6,026,690

43.40.Yq VIBRATION SENSOR USING THE
CAPACITANCE BETWEEN A SUBSTRATE AND A

FLEXIBLE DIAPHRAGM 6,024,189

Yoshimori Nakagawa and Jun Kishigami, assignors to Sony 43.50.Gf NOISE ATTENUATING APPARATUS
Corporation L

22 February 2000(Class 73654); filed in Japan 20 June 1944 Stephen G. Heuser, Lawrence, Michigan

. o L 15 February 2000(Class 181264); filed 20 August 1997
The major components of this vibration sensor, which is intended for
use in navigation systems for motor vehicles, are a backing plate with an ~ An engine muffler is described in which exhaust gases enté4.ah
electret film and a diaphragm. As in an electret microphone, the diaphragrdiverter 19 serves to direct the flow along the outside of the inner cone
is located near the electret film and displacement of the diaphragm relativassemblyl8. “Sound waves are repeatedly reflected against the inner cone
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0 ’ /15 6,036,212
] 32 43.50.Gf DAMPING SYSTEM HAVING SEPARATELY
3 i8 ADJUSTABLE DAMPING CIRCUITS
3l
42 a Ricardo R. Baldomero, assignor to Rockshox, Incorporated
36 A 14 March 2000 (Class 280276); filed 17 March 1998
\& 12 A shock absorber intended for use on bicycles is described which
5) j allows independent adjustment of compression and rebound damping. Fluid
iV flow is restricted within two circuits using a single adjustment rod.—KPS
47\__\
5 — <1 38 6,012,426
o1 Sy 43.50.Lj AUTOMATED PSYCHOACOUSTIC BASED
51— 52 METHOD FOR DETECTING BORDERLINE
12 ~2l SPARK KNOCK
44 [ V) T 5¢
N 54 Michael Alan Blommer, assignor to Ford Global Technologies,
5 BN Incorporated
6 ——72 N1 H 11 January 2000(Class 122406.39: filed 2 November 1998
59 Spark knock(*pinging” ) in an internal combustion engine is detected
5l—— A - 19 using the signal from a microphone placed in the vicinity of the engine. In
(3—"1 - el particular, this patent aims to determine a degree of knocking which is just
A below a human observer’s ability to detect it. The method uses signal pro-
58 7 b = cessing to represent the human auditory system and consists of one-third-
22 3% octave band filters centered from 4 to 10 kHz and a temporal masking model
23 X 14 to characterize the impulsive nature of the sound. The number of detectable

spark knocks per unit time is thus used to determine the optimum spark
assemblyl8” and “destructively interfere with one another such that sound {iming.—KPS
levels are reduced.”—KPS

6,014,899

43.50.Lj METHOD AND APPARATUS FOR
MEASURING VIBRATION DAMPING OF BRAKE
PARTS

Robert P. Uhlig and Cheryl A. Fry, assignors to Chrysler
Corporation
18 January 2000(Class 73664); filed 16 September 1997

A brake rotor12 is driven by an exciter coib2 at its resonance fre-
43.50.Gf MARINE ENGINE SILENCING APPARATUS guency and the resultant vibration is detected by a micropbdnBamping
DN of the rotor is determined from examination of the decay of the microphone
AND METHOD signal when the signal to the exciter coil is terminated. The rotor is rotated
to several positions and at each of these positions the resonance frequency is

6,024,617

Joseph I. Smullin and Matthew E. Denis, assignors to Smullin

Corporation /2 47 28
15 February 2000(Class 44@89); filed 6 August 1997 i /( 48
A marine engine muffler has inl&d2 into which enter a mixture of 5—_33 50 6o
cooling water and engine exhaust gases. A means is provided to separate th 24 4 ( ¢8
gases from the water. Water is kept in the separation chamber, thus cooling%;‘ OSCILLOSCOPE REAL TIME ¥
(OPTIONAL) | | ANALYZER
¥ . A L_'
4 53\ 154 150 R 33 ¢4
» 75, | e WAVEFORM MEASURING 1
- % P = 100 320 GENERATOR AMPLIFIER
! 1591 # o7
‘ AN J/ 152 ———= i —E 58
' < C LY POWER BANDPASS |66
N M’OT o s AMPLIFIER FILTER
92 AV il (oo 192 (OPTIONAL)
T\ =T = l 160 |
174 1322 120 Gie 104
134 determined and a decay measurement is made. The resultant Q-factors are

found to vary periodically around the circumference. This phenomena is
the gases, for operation at low engine speeds. The water level is designed é&plained by the presence of twin bending modes of the rotor. A sinusoidal
drop at higher speeds in order to minimize back pressure on the engingeurve-fit to the Q-factor data enables a more reliable estimate of damping to
Several alternative designs for the separation chamber are described. —KB® made.—KPS
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6,021,364 6,023,513
43.50.Lj ACOUSTIC HIGHWAY MONITOR 43.66.Ts SYSTEM AND METHOD FOR IMPROVING
CLARITY OF LOW BANDWIDTH AUDIO

Edward Fredrick Berliner etal, assignors to Lucent
Technologies, Incorporated

1 February 2000(Class 7011); filed 28 May 1993 Eliot M. Case, assignor b U S West, Incorporated; MediaOne
A method to acoustically monitor highway traffic is described in which Group, Incorporated

a microphone arrayt11 is used to detect the presence of a vehicle in the 8 February 2000 (Class 38161); filed 11 January 1996
zone107. In contrast to an inductive loop method, this approach does not

SYSTEMS

A method is described that is said to enhance the sound clarity of voice
transmission in restricted bandwidth audio systems. Enhancement is pro-
vided by adding in even harmonic distortion at any point in the signal

transmission path. The even harmonics are added into a frequency range
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. . . . _within the limited bandwidth of the system. Distortion is created deliberately
require that the roadway be dug up and will be effective for vehicles havm%y providing different amounts of gain to the positive and negative half-

high nonmetallic content.—KPS cycles of the voice signals.—DAP

6,031,923
43.66.Ts ELECTRONMAGNETICALLY SHIELDED
6,026,338 HEARING AIDS
43-50-|—j SYSTEM TO CONTROL A CHASSIS Louis Thomas Gnecco, Herdon, Virginia and Paula Sharyn

VIBRATION DAMPING DEVICE Gnecco, Herdon, Virginia

29 February 2000(Class 381322); filed 13 November 1995
Ui(z;Borschert and Thomas Kutsche, assignors to Fichtel & Sachs Several methods are described for shielding hearing aids against ex-

g . ternal electromagnetic interference. These include use of electrically con-
1519|;e;bruary 2000 (Class 70137); filed in Germany 25 October ductive foil and conductive gaskets to shield the hearing aid case, making
the hearing aid housing out of metal-impregnated plastic, and adding series
A method is described which produces control signals for use in aninductors and/or ferrite beads and/or parallel capacitors to the circuitry.—
adaptive or active vehicle suspension system. The required control signalBAP
are acceleration in three orthogonal directidgases. A single accelerom-
eter is oriented in a direction that is inclined to all three axes. This acceler-

ometer signal, in combination with one other signal from either the speed- 6,035,050
ometer, steering wheel, brake, or gas pedal, is filtered and somehow
decomposed to yield acceleration values for all three axes.—KPS 43.66.Ts PROGRAMMABLE HEARING AID SYSTEM

AND METHOD FOR DETERMINING OPTIMUM
PARAMETER SETS IN A HEARING AID

Oliver Weinfurtner and Inga Holube, assignors to Siemens
Audiologische Technik GmbH

6,026,776 7 March 2000 (Class 381313); filed in European Patent Office 21
J 1996
43.50.Lj INTERNAL CRANKSHAFT VIBRATION e =2 _ . .
DAMPER Determining the optimum electroacoustic performance characteristics

for hearing aid wearers for different listening situations is a difficult task
) that is normally performed by the hearing aid fitter. This patent describes a
Randy S. Winberg, Denver, Coloradc_) method and apparatus for having hearing aid wearers, rather than hearing
22 February 2000(Class 123192.1; filed 26 June 1997 aid fitters, determine indirectly the $8tof programmable parameters that
A method to provide vibration damping of an engine crankshaft is control the electroacoustic performance of their hearing aids. This determi-
described in which damping elements are mounted within the counternation is made automatically in a training session in which the wearer se-
balance weights adjacent to the connecting rod journal bearings. This apects from a number of different parameter sets, stored in a first memory
proach is contrasted with conventional treatment applied at one end of theank, to produce different electroacoustic performances for different listen-
crankshaft.—KPS ing situations. The software in the hearing aid keeps track in a second
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memory of the number of times the hearing aid wearer makes an allocatior ()
of a particular parameter set for a specific listening situation. The final £

programmable parameters selected are based on which parameter sets were . . .

d ¢ f tv by the h id d the t h whose outputs are summed to drive a single attack/release time constant
used most frequently by the hearing aid wearer during the training p asen twork. The variable gain amplifier is located in the circuit prior to the
The programmed parameter set used for a particular listening situation iSo|ume control.—DAP
selected either by the user manually or by the hearing aid automatically
using a neural net structure which learns over time when a particular listen-

ing situation is present. To facilitate the selection and storage of parameter 6,019,607

sets, external control and mobile auxiliary modules are described which ar93 70.Dn METHOD AND APPARATUS FOR
coupled via hard wire or wireless connection.—DAP N
TRAINING OF SENSORY AND PERCEPTUAL
SYSTEMS IN LLI SYSTEMS

William M. Jenkins, Pacifica, California et al.
1 February 2000(Class 434116); filed 17 December 1997

The system described here is designed for a population having certain

6,049,617 auditory deficiencies referred to as language learning impairment. The de-
scription of the target population includes children with certain hearing de-
43.66.Ts METHOD AND CIRCUIT FOR GAIN fects, stroke victims, and second language learners. The figure purportedly
R shows a difference in “phoneme recognition” by normal and impaired lis-
CONTROL IN DIGITAL HEARING AIDS P ’ Y P
Ullrich  Sigwanz and Fred Zoels, assignors to Siemens A
Audiologische Technik GmbH / 400
11 April 2000 (Class 381312); filed in European Patent Office 23 .

October 1996

The algorithm described is intended to reduce the harmonic distortion
in digital hearing aids that is produced by smoothing the rectified sampled 8
values of the signal during simulation of the charging and discharging of an E.
AGC capacitor in an analog hearing aid. Large jumps in the amplified ®
sampled values that cause harmonic distortion are minimized by smoothing
relative to a mean gain value after, rather than before, applying stored gain
values to determine the amount of amplification. The smoothed gain values
are combined with the sampled values and then are converted back to analo
form.—DAP —>

time (ms)

teners. The device provides repeated playback with variable time scales and

testing of the perceived sounds. The playback stimuli include speech

sounds, frequency sweeps, and other sounds with rapidly changing
6.049 618 components.—DLR

43.66.Ts HEARING AID HAVING INPUT AGC AND 6,006,187

OUTPUT AGC 43.72.Ar COMPUTER PROSODY USER INTERFACE
Oleg Saltykov, assignor to Siemens Hearing Instruments,
Incorporated
11 April 2000 (Class 381321); filed 30 June 1997

Michael Abraham Tanenblatt, assignor to Lucent Technologies,
Incorporated
21 December 1999Class 704260); filed 1 October 1996

This patent describes a hearing circuit that saves components by pro-  This patent describes a computer interface used for manually entering
viding both input AGC and output AGC using a single variable gain ampli- prosodic parameters into a speech synthesis control data file. It is, in other
fier. Input and output signal levels are detected with separate rectifiersvords, a prosody editor. Both duration effects and syllable or word promi-
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nence can be modified. Current parameter values are displayed in some saxcurate estimate by resynthesizing the speech with each pitch method and
of graphical presentation and the current speech data can be heard by measnparing all outputs to the original speech signal.—DLR

of a playback function.—DLR

6,006,188

43.72.Ar SPEECH SIGNAL PROCESSING FOR
DETERMINING PSYCHOLOGICAL OR
PHYSIOLOGICAL CHARACTERISTICS USING A
KNOWLEDGE BASE

Rostislav Bogdashevskt al, assignors to Dendrite, Incorporated
21 December 1999Class 704270); filed 19 March 1997

6,023,671

43.72.Ar VOICED/UNVOICED DECISION USING A
PLURALITY OF SIGMOID-TRANSFORMED
PARAMETERS FOR SPEECH CODING

Kazuyuki lijima et al, assignors to Sony Corporation
8 February 2000 (Class 704214); filed in Japan 15 April 1996

The patented device accepts a speech signal from a local or remote  This voiced/unvoiced detector uses a weighted sum of speech frame
origin and analyzes that signal into the form of a parameter matrix of ceplParameters to reach the V/UV decision. The parameters include energy
stral and delta cepstral coefficients. By collecting and storing such data frorfVel, autocorrelation peak value, spectral similarity, zero crossings, and
populations with known physiological or psychological conditions, the Sys_pltch lag. Each parameter is weighted by a sigmoid function with parameter-
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specific coefficients. This provides a diverse set of nonlinear weighting
functions, some increasing, some decreasing, and some with higher
weighted mid-range values.—DLR

6,023,674

43.72.Ar NON-PARAMETRIC VOICE ACTIVITY
DETECTION

Fisseha Mekuria, assignor to Telefonaktiebolaget L M Ericsson
8 February 2000 (Class 704233); filed 23 January 1998

This voice activity detector uses a combination of a nonlinear sample
amplitude function and a periodicity measure to make a voice-presence
decision. The amplitude function is a soft threshold, which ignores samples

tem may then be used to compare newly collected data with stored reference
models representing selected classes or personality types. The system is said
to be able to detect truth/falsity as well as a number of emotional states.—
DLR

6,014,617

43.72.Ar METHOD AND APPARATUS FOR
EXTRACTING A FUNDAMENTAL FREQUENCY
BASED ON A LOGARITHMIC STABILITY INDEX

Hideki Kawahara, assignor to ATR Human Information
Processing Research Laboratories
11 January 2000(Class 704207); filed in Japan 14 January 1997
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less than a minimum amplitude. The periodicity detector is a type of peak

This is a method for speech fundamental frequency analysis based afletector whose parameters change as a function of the signal-to-noise ratio.
a comparison of the bands of a multi-channel filter bank analyzer. Each bantihe figure shows a decision boundary in the two-parameter space.—DLR

of the filter bank has a gradual low-frequency skirt and a very sharp high-
frequency cutoff. Amplitude and frequency modulation values are computed
for each band, giving a signal stability index. Instantaneous frequency is
computed for all bands, from which the fundamental is extracted.—DLR

6,021,387

6,018,706 43.72.Bs SPEECH RECOGNITION APPARATUS
FOR CONSUMER ELECTRONIC APPLICATIONS

43.72.Ar PITCH DETERMINER FOR A SPEECH
ANALYZER

Jian-Cheng Huanget al, assignors to Motorola, Incorporated
25 January 2000(Class 704207); filed 26 January 1995

Forrest S. Mozer etal, assignors
Incorporated

to Sensory Circuits,

1 February 2000 (Class 704232); filed 21 October 1994

This low-cost, small-vocabulary speech recognizer uses a five-band

As more and more computing power becomes available at a lowefilter bank and a neural network to recognize the digits zero through nine.
cost, the algorithms used become less and less clever. That is not necessafijter bank coefficients are optimized, allowing filters from 7th to 13th or-
bad, if it works. This vocoder pitch analyzer achieves a more accurate pitclder, energy, and zero crossing extraction to be performed using only shift
estimate by running multiple analysis programs and then selects the mosind add operations. A five-layer network uses limited interconnections.
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200 is to be synthesized with the speech chip or the audio chip. This allows use
. of the best coding technique for each type of data, speech versus nonspeech
201 fj’z gEAsggNSE audio.—DLR
SO 000000 O J7 e
212 212
e 6,021,388
O OO O0O0 O O Oy rrosa-
W BILITIES 43.72.Ja SPEECH SYNTHESIS APPARATUS AND
201 ws METHOD
& 201 J HIDDEN
E ~O O - P2 | avem2 Mitsuru Otsuka et al., assignors to Canon Kabushiki Kaisha
E 290 1 February 2000(Class 704268); filed in Japan 26 December 1996
_é ?8 This patent describes the waveform synthesizer portion of a text-to-
201 ~O O O ny | ODEN speech system. One or more spectral functions are stored for each phoneme
to be synthesized. A sine wave is then sampled at multiple fractions of the
212 212
210
) SPEECH : : i
QOO0000000CCO00000000k BEPHESEN- / ; |
. TATION ! :
201 '

Within each layer, all unit inputs are connected as shown in the figure for
one unit of that layer. The device is said to achieve 96% to 98% accuracy, e e
with most errors flagged as low confidence, allowing a repetition to be
requested.—DLR
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6,014,623

43.72.Ja METHOD OF ENCODING SYNTHETIC
SPEECH fundamental period and multiplied by the spectral level for each harmonic.

A number of different embodiments of the design use different strategies for
the harmonic signal generation.—DLR

0 =2n /Np(f)

Xingjun Wu and Yihe Sun, assignors to United Microelectronics
Corporation
11 January 2000(Class 704230); filed 12 June 1997

This is a syllable-based speech synthesizer in which the speech frames 6,006,186
within each syllable are coded as line spectral pairs. The first frame of eaCHS 72 Ne METHOD AND APPARATUS FOR A

syllable includes the complete set of ten LSP coefficients and each foIIowingP

frame contains 4-bit differential coefficients.—DLR ARAMETER SHARING SPEECH RECOGNITION
SYSTEM

6,016,471 Ruxin Chen et al, assignors to Sony Corporation; Sony

43.72.Ja METHOD AND APPARATUS USING 21 December 1984Ciass 704254 led 16 October 1967

DECISION TREES TO GENERATE AND SCORE o ' N

MULTIPLE PRONUNCIATIONS FOR A This hidden Markov mode{HMM )-based speech recognition system
makes multiple use of the trained HMMs by sharing spectral density func-

SPELLED WORD tions between the HMMs in various ways. Shared HMMs are generated for

) ) ) ) triphone-trained HMMs when they have common biphones, common pho-
Roland Kuhn et al, assignors to Matsushita Electric Industrial

Company, Limited

18 January 2000(Class 704266); filed 29 April 1998 PHONEME 1620 e
The patent describes a decision tree technique for generating phonetii  “FYE- | 1600 ’ l 1601 ‘ ( 1602 ’ 1603
transcriptions from text. Referred to as a “mixed tree” method, the system 1691
uses decisions based on either letter or phonetic symbol sequences. The:
are said to provide more accurate transcriptions than prior techniques.— Eg@g <
DLR § 1605 1606 1607 1608 1609 1610
1692
6,018,709 1612
PROBABILITY 622
DISTRIBUTION i 1614
43.72.Ja SPEECH AND SOUND SYNTHESIZERS FUNCTION
WITH CONNECTED MEMORIES AND \ ) 1623
OUTPUTS T 1613
. DIST%?LIJBBJ'I'ION [{L -
Robert W. Jeffway, Jr., assignor to Hasbro, Incorporated LEVEL
25 January 2000(Class 704258); filed 30 January 1997 § Y
1694 1615 1616 1617 1618

This patent describes a control system which allows a LPC speech
synthesizer chip, such as a Texas Instruments TSP series, and a typigadtic context, or common center phonemes, and when they are represented
ADPCM audio synthesis chip to be combined into a single synthesis systenby at least a threshold number of training frames. The sharing occurs within
The encoded sound data includes codes which identify whether each porticand across levels of the recognition system.—DLR
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6,009,392 6,018,708

43.72.Ne TRAINING SPEECH RECOGNITION BY 43.72.Ne METHOD AND APPARATUS FOR
MATCHING AUDIO SEGMENT FREQUENCY PERFORMING SPEECH RECOGNITION UTILIZING
OF OCCURRENCE WITH FREQUENCY OF WORDS A SUPPLEMENTARY LEXICON OF
AND LETTER COMBINATIONS IN A CORPUS FREQUENTLY USED ORTHOGRAPHIES

Dimitri Kanevsky and Wlodek Wlodzimierz Zadrozny, assignors Jean-Guy Dahan and Vishwa Gupta, assignors to Nortel Networks

to International Business Machines Corporation Corporation
28 December 1999Class 704245); filed 15 January 1998 25 January 2000(Class 704244); filed 26 August 1997

This speech recognition training method is designed to eliminate the A method is described for improving the second-pass best-choice se-
requirement for labeled training data. Instead of relying on user-suppliedection from theN best results of a first speech recognition pass. The first
phonetic information, the system performs clustering of the input speeclpass is performed with a standard recognition dictionary. A new dictionary
feature data, attempting to group the segments into phonetically relatedreated for the second pass contains added items which tend to occur with a
higher probability, increasing the chance of selecting those items. In this
case, the phrases consist of phone numbers to be called and the high-
probability items represent numbers that the user frequently calls.—DLR

L 1~ CLAS | OF HATGIED SEGHENTS
LEVEL: CLASS 2 OF MATCHED SEGHENTS

6,021,278

43.72.Ne SPEECH RECOGNITION CAMERA
UTILIZING A FLIPPABLE GRAPHICS DISPLAY

LEVEL:2

(LusTER Bryan D. Bernardi et al, assignors to Eastman Kodak Company

30 1 February 2000(Class 39¢57); filed 30 July 1998

groups. Based on the spectral characteristics and the occurrence distribution 1S Patent describes an application of speech recogpnition for control-

of sounds and of words in the sample, the system makes a phonetic clali@9 @ still-image camera while looking through the viewfinder. Various
assignment.—DLR camera adjustments can be made, such as zoom, exposure, and flash. A prior

6,014,624

43.72.Ne METHOD AND APPARATUS FOR
TRANSITIONING FROM ONE VOICE RECOGNITION
SYSTEM TO ANOTHER

Vijay R. Raman, assignor to NYNEX Science and Technology,
Incorporated
11 January 2000(Class 704243); filed 18 April 1997

This patent is primarily concerned with the conversion of speech or
speaker information between database formats as would be used by speake
dependen{SD) versus speaker-independd®) recognition systems. For
example, a SD template may be useful in adding to the phonetic models of
a Sl system. Since such a conversion typically involves a loss of informa-

tion, provision is made to include original speech data from compressed
recordings, whenever possible.—DLR patent allowed camera control from a remote location, but not in the hand-

held situation. The complete small-vocabulary recognizer is built on a single
integrated circuit.—DLR

6,016,470
43.72.Ne REJECTION GRAMMAR USING 6,021,384
SELECTED PHONEMES FOR SPEECH
RECOGNITION SYSTEM 43.72.Ne AUTOMATIC GENERATION OF
SUPERWORDS
Chang-Qing Shu, assignor to Gte Internetworking, Incorporated
18 January 2000(Class 704244); filed 12 November 1997 Allen Louis Gorin and Giuseppe Riccardi, assignors to AT&T

The grammar used with a speech recognition system typically specifies Corporation )
a finite list of words or phrases which are acceptable as possible utterances 1 February 2000(Class 7041); filed 29 October 1997
at the particular time. Whatever the actual input speech might be, a choiceis  This is a low-cost method for obtaining some of the benefits of a word
forced to one of the expected “target” inputs. This system relaxes thatsequence probability model for speech recognition. It is well known that
requirement by maintaining a secondérgjection grammar. The rejection  recognition results improve with the use ofN“gram” models, which
grammar scores individual phonemes, rather than complete words aspecify the probability of occurrence of sequencedlofords. However, as
phrases. Thus, an out-of-grammar input may score highly as an unknowN increases, the memory requirements become very large. The method de-
phonetic sequence, beating the score for the best-fitting target word cscribed here represents the most frequently occurring word sequences as
phrase.—DLR single long words, referred to as “super words."—DLR
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43.72.Ne HIERARCHICAL LABELER IN A SPEECH
RECOGNITION SYSTEM 6.023.677

6,023,673 initial trigger word, a possible candidate is matched against the full com-
mand set to determine a “false match” reference level —DLR

Raimo Bakis et al,, assignors to International Business Machines 43.72.Ne SPEECH RECOGNITION METHOD
Corporation T

8 February 2000(Class 704231); filed 4 June 1997 Fritz Class et al,, assignors to Daimler Benz AG

In this speech recognition system, the reference feature vector datais 8 February 2000 (Class 704254); filed in Germany 20 January
divided into subsets corresponding roughly to a coarse phonetic classifica- 1995
tion, followed by a finer classification. Additional levels may also be added
such that each finer level would contain 10 to 20 times the number ofC
reference vectors as the previous level. In this manner, total sets of tens gﬁ
thousands of feature sets may be matched without greatly increasing the
processing time.—DLR

The connected-word recognition method described here is a “redis-
very” of the well-known method of branching word graphs. Word tran-
ion probabilities are accumulated to provide a sentence match probability.

Y

6,023,676

43.72.Ne KEYWORD RECOGNITION SYSTEM AND
METHOD

Adoram Erell, assignor to DSPC Israel, Limited
8 February 2000 (Class 704241); filed 12 December 1996

This is a two-tier, isolated-word recognition system, using dynamic
time warping in a speaker-dependent mode. An initial keyword match is WU T WE
performed in an open-microphone method. Apparently, this mode searches k L
for a single “trigger” keyword. If that word is seen, then the system
switches to a microphone “window” mode, during which any of a set of Seemingly in consideration of branching factor concerns, the system is to be
command words is expected. To improve the accuracy of detecting thémited to relatively small numbers of sentences.—DLR
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Localization of a pontine vocalization-controlling area

Uwe Jurgens
German Primate Center, Kellnerweg 4, 3707 ttBmen, Germany

(Received 24 May 1999; accepted for publication 20 June 2000

To find out whether there exist additional regions in the pontine brainstem, apart from the phonatory
motoneuron pools involved in vocal motor control, the effects of a localized blockade of excitatory
neurotransmission in the pons were studied on squirrel monkey vocalization. Vocalization was
elicited by electrical stimulation of the periaqueductal gray of the midbrain. Blockade was carried
out by stereotaxic injections of kynurenic acid, a nonspecific glutamate antagonist. It was found that
injections made into the ventrolateral pons around the ventral nucleus of the lateral lemniscus and
superior olive could block periaqueductally elicited vocalization. Injections were only effective
ipsilaterally, not contralaterally to the stimulation site. The blockade was limited to one particular
class of calls, all of which had in common a characteristic stereotyped frequency modulation over
several kHz. It is concluded that critical processing steps of vocal motor control take place in the
periolivary region. ©2000 Acoustical Society of Amerid&0001-49660)00110-7

PACS numbers: 43.70.Aj, 43.70.BRL ]

I. INTRODUCTION different species-specific calldurgenset al, 1982; Kirz-
inger, 1985; Kirzinger and “Jgens, 198% In the cat,
Phonation consists of a complex interaction of laryngealtransection experiments have shown that cutting all connec-
respiratory, and articulatory activity. While there is goodtions between brainstem and forebrain does not prevent the
knowledge about the muscles involved in phonation and th@roduction of mewing, purring, grow”ng, and spittimBa_
location of the laryngeal, respiratory, and articulatory moto-zett and Penfield, 1922 This suggests that the brainstem
neurons, very little is known about the way these motoneugdoes not on|y integrate the |aryngea|' respiratory, and su-

rons are coordinated in their activity to accomplish a specifigralaryngeal activities, but that it also contains the pattern
vocal pattern. Neurological studies in human patients regenerators for different vocal utterances.

vealed that destruction of several structures causes speech The present study is an attempt to localize brainstem

and singing disturbances. Such structures are the face areagteas that, apart from the phonatory motoneuron pools, are
the motor cortex, the ventrolateral thalamus projecting intdnyolved in vocal motor coordination. The study was carried
the motor cortex, the cerebelluimore specifically, the out in such a way that vocalization-eliciting electrodes were
paravermal lobulae VI & VI projecting into the ventrolat- implanted into the periaqueductal gray of the midbrain.
eral thalamus, the putamen, an output structure of the motorhen, injections of kynurenic acid, a glutamate antagonist
cortex, and the corticobulbar and corticospinal tracts concapable of blocking excitatory neurotransmission at
necting the motor cortex with the lower brainstem and spinaflutamatergic synapses, were placed at sites caudal to the
cord, respectively(Alajouanine and Thurel, 1933; Bauer periaqueductal gray, but rostral to the phonatory motoneuron
et al, 1980; Bell, 1968; Groswasset al, 1988; Kentetal,  pools. The effect of these injections on the elicitability of
1979; Lechtenberg and Gilman, 1978; Leteal, 1996; Met-  yocalization from the periaqueductal gray was tested. It was
teret al, 1986; Samrat al, 1969. As patients with damage hypothesized that injection of kynurenic acid into sites that
to the above areas and with speech and singing disturbancg§im part of a vocal motor coordination mechanism will

are often still able to produce normal nonverbal emotionablock or deteriorate vocalization elicited by periaqueductal
vocal utterances, such as crying, moaning, and laughing, it istimulation.

unlikely that the integration of laryngeal, respiratory, and
supralaryngeal activity is generally carried out in the afore-
mentioned structures. This assumption is further supporte
by the fact that anencephalic children, that is, infants born  In five squirrel monkeygSaimiri sciureug, under deep
without forebrain and cerebellum, are able to cry loudlynarcosis(40-mg/kg pentobarbital sodiuma platform with
when exposed to painful stimulMonnier and Willi, 1953. electrode and injection cannulae guide tubes was stereotaxi-
The persistence of vocalization in anencephalic children sugzally fixed to the skull with four stainless steel screws, nuts,
gests that the integration of laryngeal, respiratory, and suand dental cement. Then small hol@5 mm diam were
pralaryngeal activity necessary for the production of, at leastgrilled into the bone at sites for insertion of stimulation elec-
nonverbal vocal utterances, is carried out in subcorticatrodes and injection cannulae.

structures. Animal experiments point to the same direction.  Stimulation electrodes consisted of a stainless steel tube
Lesioning studies in the squirrel monkey have revealed that0.47 mm outer diamand a Teflon-insulated stainless steel
bilateral destruction of the facial motor cortex, ventrolateralwire (0.15 mm diam protruding 2 mm from the tube. The
thalamus, cerebellum, putamen, or corticobulbariire was uninsulated at the tip for 1 mm. Stimulation current
corticospinal tracts does not abolish the ability to produceconsisted of a biphasic rectangular pulse pair with a repeti-

Il. METHODS
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tion rate of 20—70 Hz, pulse duration of 1 ms, intensity ofclass; other calls remained unaffected. Twitter, chatter, and
50-300uA, and a train duration of 10 s. Vocalization was cackling calls differ from other calls by their characteristic
elicited by electrical stimulation through electrodes loweredfrequency modulation of 150-270 Hz/ms over a range of
into the periaqueductal gray through the guide tubes. De2—-8 kHz.

pending on the electrode site and stimulation parameters,

various call types were obtained. Injection guide tut@:47

mm outer diam, 0.2 mm internal dianwvere used to insert V. DISCUSSION

the cannula of a Haml_lton n_m_:ros_yrmg@.z_ mm outer The study shows that by blocking excitatory neurotrans-
diam. Normally, two pairs of injection gL_udlng tubes and_mission in the ventrolateral pons, it is possible to abolish
two to three st|mulat_|on elec_trodes were |mplanteq per f'in"specific call types electrically elicitable from the periaque-
mal. T_e_sts were ca_rrled out in the awake anlmal,_sntlng N Yuctal gray. This makes clear that there is a group of neurons
restraining chair. First, the threshold was determined for al n the pons that is involved in vocal production. According to

electrodes yielding vocalization. Then, 0.25-Qbof 2% Holstege(1989, the vocal motor control pathway consists of

kynurenic acid in sterile water was injected into the site to bea direct connection from the periaqueductal gray to the nucl.

tested. Each site was tested ipsilateral, contralateral, and Wétroambiguus in the medulla oblongata, and from there to

lateral with respect to the vocalization-eliciting eIectrode'.,[he phonatory motoneuron pools in the pons, medulla oblon-

Ten min after the injection, electrodes were stimulated aga'@ata, and spinal cord. The present results do not support this
and checked for changes in threshold for elicitation of Vocalhypothesis Obviously, the periaqueductal gray, nucl. ret-

lzation. I, z_af_ter injection, vocalization could not be_obtamed roambiguus, and phonatory motoneuron pools are not the
with intensities at least 100% above the pre-injection thresh-

) nly brainstem areas involved in vocal motor control.
old, the effect was considered as blockade. Only those efc—) y

fect ted that sh d let ithin 2 The present results fit with several other observations.
hec S Were counted that showed complete recovery within %Iectrical stimulation of a region similar to that from which

After the tests. th imal ificed with vocalization could be blocked in the present study has been
er the 1ests, the animals were sacrificed with an oVer'eported to produce vocalization in the dMagounet al.,

dolge of péez;t/o barblial solti:urr]n ’ dper1f_lrj]seg V.V'th phySIOIog|caIr 937; Kanai and Wang, 19B2bat (Schuller, 1998 and
saTe ar:j ; ; para ormafl enyde. 1 et rains W((ajre rem?vg guirrel monkeyJurgens and Ploog, 1970As vocalization
sectioned at 3%:m on a freezing microtome, and mounte could not only be obtained with electrical stimulation but

on slides. Alternate sections were stained with cresylviolet '\ wh glutamate stimulation, a method that activates neu-
and luxol fast blue combined with nuclear fast red, reSpPec; i cell bodies and dendrités but not axons, it may be

tively. D(_at(e;rml?atl_?; tﬁf th.z stfn:[r;]ulattlon atnd_lnjbectllon tlsnes ((I:Voncluded that the blockade observed in the present study
was carried out wi € aid of the stereotaxic brain atias of, 55 que to the blockade of a vocal relay station, rather than

Emn;‘(ﬁrs anddAker(1963. d by th | h.of by-passing fibers. As, furthermore, the vocalizations elic-
procedures were approved by the governmental ethise, pje trom the periolivary region usually have an artificial

cal committee for animal experimentatifBezirksregierung acoustic structurdi.e., a structure not found in spontane-

Braunschweig ously produced vocalizatiopsit may be assumed that this
region is part of the vocal motor coordination mechanism
(Jrgens and Ploog, 1988The artificial character of the
Altogether 125 injections sites were tested for their ef-elicited vocalizations probably results from the abnormal ac-
fect on periaqueductally elicited vocalization. The sites exdivity pattern forced upon vocalization-coordinating neurons
tended from the rostrodorsal midbrain down into the caudaby the electrical or glutamate stimulation.
pons. Their locations are indicated in Fig$a)t(c). Out of Further, support for a role of the periolivary region in
the 125 sites, injections in 20 were able to block periaguevocal control comes from single-unit recording asbsex-
ductally elicited vocalization. These sites were all located inpression studies. As Fos is a nuclear protein known to be
the ventrolateral pons in a region comprising the ventraproduced by a variety of stimuli capable of neuronal excita-
nucleus of the lateral lemniscus, the periolivary nuclei, andion, it is generally accepted as a marker of neuronal activa-
bordering parvocellular reticular formation. Blockade wastion. In the saddleback tamari8aguinus fuscicolljs a New
obtained with injections ipsilateral to the stimulation elec-World primate, it was found that extensive vocalizing results
trode, never with injections contralateral to the stimulationin an increased Fos production in neurons dorsal and lateral
site. In all cases in which bilateral injections were effective,to the superior olive(Jirgenset al, 1996. In the squirrel
ipsilateral injections were effective as well. Blockade wasmonkey, another New World primate, a systematic explora-
limited to one particular class of call types, the so-calledtion of the brainstem with microelectrodes revealed
twitter/chatter/cackling callgFig. 2). At stimulation sites at  vocalization-correlated neuronal activity in an area between
which calls of this class were the only calls elicitable, therethe superior olive and the ventral nucleus of the lateral lem-
was complete blockade of vocalization after kynurenic acichiscus (Kirzinger and Jrgens, 1991 Neuroanatomically,
injections into the ventrolateral pons. At stimulation sites atthe periolivary region receives a direct input from the peri-
which calls of the twitter/chatter/cackling class were inter-aqueductal grayJirgens and Pratt, 19790n the output
mixed with calls of other classes, such as cawing, purringside, it is connected with all cranial motor nuclei involved in
growling, spitting, shrieking, squealing, or peeping, pontinephonation, that is, the nucl. ambiguus, responsible for vocal
injections abolished only calls of the twitter/chatter/cacklingfold movements; the trigeminal motor nucleus, responsible

Ill. RESULTS
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FIG. 1. (a)—(c) Frontal sections through the squirrel monkey’s brainstem
showing all injection sites tested in the present study. Black circles indicate
sites at which injection of kynurenic acid blocked periaqueductally elicited
vocalization. White circles indicate sites without effect. Black diamond in-
dicates periaqueductal vocalization site. Abbreviations: BC brachium con-
junctivum, BP brachium pontis, Col colliculus inferior, CoS colliculus su-
perior, FRM formatio reticularis mesencephali, FRP formatio reticularis
pontis, GM corpus geniculatum mediale, GP griseum pontis, PAG periag-
ueductal gray, Pt praetectum, Pu nucl. pulvinaris, Py tractus pyramidalis, Tz
corpus trapezoideum.

for jaw movements; the facial nucleus controlling lip move-only affected by ipsilateral, not by contralateral injections
ments, and the hypoglossal nucleus controlling tongue moveandicates that this bifurcation is “downstream” from the pe-
ments(Thoms and Jwens, 198Y. riolivary area. An unexpected finding of the present study
Vocalization involves bilateral activation of the vocal was the observation that not all call types elicitable from the
folds and other phonatory muscles. Normal vocalizationperiagueductal gray were abolished by periolivary injections
nevertheless, can be obtained with unilateral periaqueductalf kynurenic acid. Among the unaffected calls, there were
stimulation. This means that there must be a bifurcation ohigh-pitched calls(e.g., squealingas well as low-pitched
the vocal control pathway on the way from the periaqueducealls (e.g., cawing, harmonic callge.g., peepingas well as
tal gray to the phonatory motoneurons. The fact that in thenoiselike calls(e.g., spitting, rhythmic calls(e.g., purring
present study periaqueductally elicited vocalizations weres well as continuous callg.g., shriekingy While no com-
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The study presents the first attempt to investigate resonance properties of the living vocal folds by
means of laryngoscopy. Laryngeal vibrations were excited via a shaker placed on the neck of a male
subject and observed by means of videostroboscopy and videokymodk&pBy. When the vocal

folds were tuned to the phonation frequency of 110 Hz and sinusoidal vibration with sweeping
frequency(in the range 50—400 Havas delivered to the larynx, three clearly pronounced resonance
peaks at frequencies around 110, 170, and 240 Hz were identified in the vocal fold tissues. Different
modes of vibration of the vocal folds, observed as distinct lateral-medial oscillations with one, two,
and three half-wavelengths along the glottal length, respectively, were associated with these
resonance frequencies. At the external excitation frequencies below 100 Hz, vibrations of the
ventricular folds, aryepiglottic folds and arytenoid cartilages were dominant in the laryn20G©
Acoustical Society of AmericBS0001-4966)0)00210-1

PACS numbers: 43.70.Aj, 43.40.MAL ]

I. INTRODUCTION folds. In a study with a finite-element model of the vocal
folds, Berry et al. (1994 have found that combination of
From the theory of vibration it is known that vibration of only two eigenmodes captures more than 95% of the vari-
a structure can generally be decomposed into a set of indémnce of the vocal fold vibration in normal phonation and
pendent characteristic vibration patterns, cakégenmodes more than 70% of irregular vocal fold vibration. Prevalence
Like any other vibrating structure, vocal folds have inherentof two dominant eigenmodes has also been recently found
eigenmodes which are crucial in determining their possibleaxperimentally in vibration of the vocal folds in excised ca-
vibration behavior. Each of the eigenmodes is associatefline laryngegBerry, in press
with a specificeigenfrequencynd exhibits certaidamping The two dominant eigenmodes have been theoretically
The eigenmodes, eigenfrequencies, and damping are callg@own and designated as10 andx-11! The x-10 mode
the “dynamic characteristicsof the vibrating system and presents a lateral-medial oscillation which is responsible for
are independent of the excitation mechanism of the vibratiorbpemng and closing of the vocal folds in a vibratory cycle.
These characteristics can be used to describe inherent vibrghex-11 mode presents an out-of-phase motion of the upper
tion prOpeI"[ieS of the vocal folds. Information on the dy' and lower margins of the vocal fOIdS, which p|ays an impor-
namic characteristics of the true vocal folds has been rath@gnt role in the transfer of the aerodynamic energy into the
||m|ted, hOWeVer, mOStly due to difficulties related to mea'motion of the vocal fold tissue§tevens’ 1977’ |Shizaka’
surement of these characteristics in the delicate and hardlyggg; Titze, 1988 Higher-order modes, such as, ex}.20,
accessible vocal fold tissues. _ _ x-21 orx-30, x-31 (lateral-medial oscillations encompassing
Tltze and_Strong1975 were the first who theoretically yo or three half-wavelengths along the glottal lengtne
studied the eigenmodes of the vocal folds. The theory preassymed to partially contribute to production of more com-
dicts generally infinite number of eigenmodes in the vocalyjex yocal fold vibration patterns, especially those related to

fold tissues(e.g., Titze and Strong, 1975; Titze, 199@nly  pathologic voice quality(Titze and Strong, 1975; Titze,
a few dominant(lowesh modes, however, are assumed t01gg4- Berryet al, 1994.

play a substantial role in the actual vibration of the vocal During phonation, the oscillation of the vocal folds is

significantly influenced by phonatory airflow. Aerodynamic
dElectronic mail: svecjan@mbox.vol.cz coupling leads, along with inherent nonlinearity of the vocal
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folds, to phenomena such as entrainment of the eigenmodas11 modes in the finite-element model of the vocal folds by
(also known as “mode locking); which cause rearrange- Dedouchet al. (1999. The eigenfrequencies of eigenmodes
ment of the eigenfrequencies of the vocal folBerry et al,  found in the finite-element model of Jiaegjal. (1998 were,
1994; Fletcher, 1996; Berry, in prgs®A well known ex-  on the other hand, quite far ap&rt100 Hz. Unfortunately,
ample can be found in the behavior of a simple two-mas¥aneko’s experiments did not bring any information on
model of the vocal fold¢lshizaka and Flanagan, 1972n-  mode shapes of vibration of the vocal folds and thus it has
der typical conditions the eigenmodes of the model, whichnot been clear whether, indeed, the measured eigenfrequen-
correspond to the modes10 andx-11, are tuned to 120 and cies belong tx-10 andx-11, or to some other eigenmodes.
201 Hz(e.g., Titze, 1976; Ishizaka, 1988Jnder the influ-  This uncertainty has called for new, more specific measure-
ence of the airflow these two eigenmodes are entrained tments of the dynamic characteristics of the true vocal folds.
vibrate at identical frequency around 130-150 (depend- This study presents the first attempt to investigate the
ing on the subglottal pressure; see Ishizaka and Flanagaglynamic characteristics of the vocal folds vivo laryngo-
1972. This effect illustrates a need for studies of vocal fold scopically. The basic question of the present study is the
behavior not influenced by the phonatory airflow revealingfollowing one: Is it possible to externally induce the vibra-
the dynamic characteristics more accurately. tion of the vocal folds to such extent that they can be moni-
Only a few experimental studies have been devoted téored laryngoscopically?
the vibrations of the vocal folds without the airflow. In a  Certain positive evidence can be found in the studies of
study with excised human larynges, Tanabal. (1979 dis-  Fukudaet al. (1987 and Fukuda(1993. Here, a laryngeal
placed a vocal fold via a metal plate attached to a stretcheshaker, principally similar to the one used by Kaneko, was
elastic rod. When the rod was cut, the vocal fold was reused to excite the vocal fold vibrations in patients undergo-
leased and exhibited a damped oscillation which was moniing surgery under general anesthesia. The vibration of the
tored using a high-spee@inematographiccamera. These Vocal fold mucosa could be observed laryngoscopically un-
experiments were performed for obtaining information onder stroboscopic light. The studies of Fukuda were, however,
the damping properties of the vocal folds. The results couldclinically oriented and did not pay attention to the dynamic
in principle, have been used also for studying the eigenfrecharacteristics of the vocal folds.
quencies of the vocal folds, but these authors did no deter- The aim of the present study is to employ the laryngo-
mine these values. scopical observatiofil) to identify the eigenfrequencies of
The only studies to date, which provide information on the vocal folds and?2) to relate these eigenfrequencies to the
eigenfrequencies as well as damping characteristics of th@Pecific mode shapes of vibration.
true vocal folds, were published by Kaneled al. (1981,
1983, 1987. Here, the vibration of the vocal folds was ex- Il. MATERIALS AND METHODS

cited externally using a shaker placed on the thyroid carti- A resonance approach, well known from technical prac-

lage. The response of the vocal folds was registered bY|ce(e.g. Anderson, 1967; Richardson, 198#d previously
means of modified ultrasonic equipment. Kaneko designed &dapted ,by Kaneke;t al. (1798]) was m(;dified for the mea-
special phonatory maneuver in order to investigate the eiger%'urement of the dynamic cha,racteristics of the vocal folds.
frequencies of the vocal folds in living subjects: the subject 5y nqea| vibrations were excited externally via a shaker
phonated at a given pitch and stopped delivering the air fromy 5 ceq anteriorly on the thyroid cartilage. The vibration re-
the lungs while keeping the vocal folds in the phonatorygn,nse of the vocal folds was monitored laryngoscopically.
position (the so-called ‘heutral phonatory positidh). At Regonance frequenciése., frequencies at which the vocal
that moment the shaker was switched on and the responggiys exhibit maximal amplitudes of vibratiprand reso-
measurement was done. Kaneko identified two distinChance modes of vibratiofi.e., vibration patterns of the vocal
eigenfrequencies of the vocal folds, which changed with thgqqs at the resonance frequendieere examined. The reso-
phonation frequency. The lower of the eigenfrequencies wagance frequencies and resonance modes can be seen as prac-
found to be close to the frequency of phonation. Similarica| approximations of the eigenfrequencies and eigenmodes
results were obtained by Kanekoal.in a number of ving  f the vocal folds.(More detailed information on the rela-
subjects as well as in excised human larynges. tionship between the eigenfrequencies/modes and resonance

The eigenfrequencies of the true vocal folds measuregequencies/modes can be found in literature on dynamics of
by Kanekoet al. correspond well to the eigenfrequencies of yiprating systems, e.g., Anderson, 1967.

the two-mass model of the vocal folds designed by Ishizaka _

and Flanagari1972. On the basis of this correlation it has A- Experimental setup

been hypothesizedshizaka, 1988that these two eigenfre- The experimental setup, shown in detail in Fig. 1, con-
quencies are related to the eigenmogles0 andx-11. Re-  sisted of three partsl) generation and monitoring of the
cently, however, this hypothesis has been challenged byibration of the external shakef2) monitoring the force by
Berry and Titze(1996 who have, on the basis of a theoret- which the shaker is pressed against the neck;(&htaryn-

ical analysis of a continuum model of the vocal folds, pre-goscopic observation of the excited vocal fold vibrations.
dicted the eigenfrequencies of tlkel0 andx-11 modes to

be nearly identical. A much smaller differen¢@-25 H2
than that measured by Kaneled al. (ca. 50-100 Hg was Signal(sinusoidal and impulse, see Sec. II B for defails
also found between the eigenfrequencies of xa#0 and from a generatoHP type 3324A Synthesized Function

1. Excitation of the laryngeal vibrations

1398 J. Acoust. Soc. Am., Vol. 108, No. 4, October 2000 Svec et al.: Resonance properties of the vocal folds 1398



LARYNGOSCOPY STANDARD VKG
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power supply FIG. 2. Standard and videokymograptiéKG) images of the larynx(a)
: Standard, laryngostroboscopic image of the vocal folds in neutral phonatory
Y FFT 2 channel : position.(b) High-speed VKG image at the position markedah Chain of
@ emicamductor P analyzer three successive VKG fields, each of 20-ms duration, is presented. Each
strain gauge : field depicts ca. 18 ms of time, ca. 2-ms interruption between each two
Volt meter S ; successive fields corresponds to a vertical blanking interval which is re-
"""" CONTACT FORGE MEASUREMENT " GENERATION served for synchronization purposes and does don contain any image data
AND MEASUREMENT (CCIR/PAL video standand (c) Sketch of the laryngeal image): vf—
OF VIBRATION vocal fold; ve—ventricular fold; b—blood vessel on left ventricular fold,

. . L a—arytenoid cartilage; ae—aryepiglottic folds; e—epiglotti§. Sketch of
FIG.' L Experlment.al 5‘?‘“9 for the laryngoscopic examination of externallythe viﬁeokymograpr?ic imag(é))}lv?b?ating borders of th ventricular folds
excited laryngeal vibrations. (dashegl and vocal folds(solid) are outlined. Dots on the right vocal fold

e . indicate the points used for measuring the amplitude and frequency of the
Sweep Generatpwas amplified by a VEB Metra Versteer externally excited vibrations. Note that the left and right sides are reversed

(type LV 103 and fed into a shake(Bruel & Kjaer, type in all the imageit reflects the situation seen by the examiner when facing
4810. A specially designed plexiglass cylindrical head wasthe examined subject
firmly attached (screwed to a vibrating element of the

shaker. This plexiglass head served as an electrically isolateghainst the neck. The amount of bending was measured by
contact element which was placed on the neck of the subjecneans of a semiconductor strain gauge designed at the Insti-
Acceleration of the cylindrical head was registered via anute of Thermomechanics of the Academy of Sciences of the
attached accelerometéBruel & Kjaer, type 4344. Signal  Czech Republic(Vané and Cibulka, 1994 The strain
from the accg_lerometer was amplified by means of a vibragauge was powered from a stabilized power supply of 10 V
tion meter(Bruel & Kjaer, type 4511 and recorded on the (TESLA, type BS 525 Change of voltage in the sensory
first channel of an FFT analyzeBruel & Kjaer, type 2034 circuit of the semiconductor strain gauge caused by the bend-
Dual Channel Signal AnalyzerThe vibratjon force was reg- ing was monitored by means of a voltmet@ESLA, type
istered by means of a force transduc@ruel & Kjaer, type DU 20). The system was calibrated, making it possible to
8200 which was placed between the plexiglass cylinder anctonvert the measured voltage to the force applied to the
the vibrating element of the shaker. Signal from the forceshaker.

transducer was amplified by a Biu& Kjaer (type 2626

amplifier and recorded on second channel of the FFT ana . . .
lyzer. 3. Laryngoscopic observation of the excited laryngeal

. vibrations
Signals from the generator, accelerometer, and force

transducer were used to obtain transfer functions of the ex- Two methods of monitoring the vocal fold vibration
citation system. The transfer functioriforce/generator as Were used: laryngostroboscopy and high-speed videokymog-
well as acceleration/generatarere found to be essentially raphy. Laryngostroboscopy is a well-known technique rou-
flat in the frequency range 100—-400 Hz. Below 100 Hz, intinely used in laryngology and a more detailed description
the relevant range 50—100 Hz, the transfer functions monocan be found elsewherée.g., Hirano and Bless, 1983
tonically decreased with descending frequency. MaximumVideokymography is a newly developed method for high-
displacement amplitude of the shaker was observed at 50 HPeed optical investigation of vibratioriSvec and Schutte,

and measured to be ca. 3 mm. 1996; Secet aI., 1997, 1999; Schuttet aI., 1998
In Videokymography’V/KG) a modified video camera is
2. Contact force measurement used. The camera can function in two different modes, stan-

The body of the shaker was firmly attached onto a metatlard and high speed. In the standard mode, it works as a
rod (Fig. 1). The rod bent when the shaker was pressedtandard commercial video camera, monitoring the vibration
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of the vocal folds with a speed of 25 fram@espectively, 50 proaches were used for investigating the externally excited
interlaced fields per second CCIR/PAL standard was used laryngeal vibrations:

here. An example of a standard laryngoscopic image is

shown in Fig. 2a). In the high-speed mode the camera de-

livers images from a single selected line with a speed ofl. Videostroboscopy

7812.5 line images per second. These line images are put  ginysoidal excitation signal with a constant frequency

below each other and together create a new, videokqugo, 75, 100, 110, 125, 150, 175, 200, 225, 250, 275, 300,

graphic image monitoring vibration of the selected part of3>5 350, 375, and 400 Mavas used and the laryngeal vi-
the vocal folds in timgFig. 2(b)]. A mechanical switch en- p ations were monitored videostroboscopically.
ables to change between the standard and high-speed modes

instantly. Both the normal as well as the high-speed images rrequency sweep
are transmitted in a standard TV format and can be recorded

and monitored using a standard video recorder and a TV. d’i;'{;}“:g'ﬁ:llesr'%r;%l t(;lfecffgszaenr:;nw;spﬁr:\leirlw?ﬁc?:géd
compatible monitor. More detailed information on videoky- The vibration amplitude of theqshake); was de en){jent on the.
mography can be found elsewhd@®ec and Schutte, 1996; fre ¢ FI)I X he A die T pf

Svecet al, 1997, 1999 quency of oscillatior(see the Appendjx Two frequency

The laryngoscopic setup is shown in Fig. 1. For strobos>WEEPS 1N the frequency range of 100-400 Hz and 50-200

copy, the following equipment was used: Light sourceHZ were used,-each swes s_lnduratlon. The measurement
(Rhino-Laryngeal Stroboscope Kay Elemetrics mode[Position was aimed at the middle of the membranous part of

9100, rigid endoscopé70° Kay Elemetrics, type 9106and the vocal folds, transversally to the glotfisig. 2(a)], using a .
3CCD color camerdPanasonic GP-US502 with a Control §tandard que of the VKG camera. The measurement posi-
Unit) with a C-mount 35mm lens/adaptéfay Elemetrics, t|on_was adjusFe_d manu_ally by moving the endoscope o the
model 9116. Xenon light source(Richard Wolf Auto LP/ desirable position during the phonation preceding the
FLASH 5135, Lupenlaryngoskog90° Richard Wolf, model Kaneko maneuver. _Before_the start _of the frequency sweep,
4450.47F, and videokymographic CCD black and white cam—the camera was switched into the h|gh_—speeq mode and the
era(Lambert Instrumenjswith a C-mount objective/adapter position of the endoscope was held still during the SWeep.
(ATMOS) were employed for videokymography. The laryn- After t-he end of the sweep, thg VKG camera was switched
geal image, registered bigither standard or videokymo- back into the standard mode in order to confirm that the

graphio video camera attached to the endoscope, was prépeasurement position had not changed during the VK.G
sented simultaneously on two video monit@rsFig. 1, only measurement. The measurement was repeated several times

one monitor is depicted, for simplicity The examiner used for each sweep.
the first monitor; the second monitor provided feedback to
the examined subject. The images were recorded using a‘%
s-VHS video tape recordéPanasonic, model AG 7355An A periodic rectangular impulse excitation signal of 1-ms
audio Signa| was registered by means of an electret micrdjuration was delivered from the generator to the shaker. The
phone (Kay Elemetrics lapel microphone, type 7175-6p00 Vibration response of the laryngeal tissues was observed by

and recorded on audio track of the videotape. means of videokymography. Vocal folds responded with
damped oscillations; their amplitude was found rather small,

however, which appeared problematic for a detailed analysis.
B. Experimental procedure The VKG data from this particular condition were thus not
analyzed in detail and are not treated in this study. The sig-

. d biect for the studv. The ohonation f nals from the force transducer and accelerometer were used
singe) sefrvleloa: asu Jehc orthe s ufy. e[; o?ha lon retfo obtain transfer functions of the excitation systédis-
qguency o z was chosen as a reference for the invest): ..o 'in sec. AL

gation. During the experiment the subject placed the
pIexigIass cylindrical heqd of the shaker anteriorly on thecl Analysis of the video data
prominence of the thyroid cartilage and pushed the neck
against the shaker with a force of ca. 3-5 Newthigher 1. Frequency sweep

forces were subjectively judged as uncomfortabl&he The best VKG samples were selected from the video-
shaker was not firmly fixed to the neck, for safety reasonstape. The basic selection criteria wef®: correctly produced
The subject at comfortable intensity in chest register reproKaneko maneuvefsee the Appendjx (b) well focused im-
duced the reference frequency, given by means of a tuningge;(c) clearly visible externally induced vibrations of the
fork. Next, the endoscope was inserted into the oral cavityocal folds with highest possible amplitudel) VKG exami-

and the subject repeated the phonation. After this, the subjeaiation covering the whole frequency swe@ep interruptions
took a breath and produced the Kaneko maneuver: a shoof the VKG image by the standard imagée) approximately
phonation which was interrupted while keeping the vocalconstant VKG measurement position during the sweep. A
folds in the neutral phonatory position. Attempt was made tesingle sample for each frequency sweep was chosen for
avoid any movement of the larynx during the Kaneko ma-analysis. That sample was digitized and fed into a PC using
neuver(see also the AppendixAt this time, the external a videoboard(Miro PCTV) and saved as an AVI file. A
vibrations were delivered to the larynx. Three different ap-CorelScript program under CorelPhotoPaint 8 software was

Impulse excitation

One of the author§JGS, male, age 32, an amateur jazz-
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written in order to extract successive video fields from the 8 . : .
AVI files and save them into a sequence of bitm&pS0 7 5 (a) LEFT VOGAL FOLD
bitmap images per 1 sweed 6 s in duration. Each 20 = ~—— measured
successive bitmaps then were concatendtemcatenating % 8 SO WS DA = Kernel smoothing
more than 20 bitmaps into a single image appeared unpracy a o e
tical for the software usedforming a “train” of video fields 38 ‘ : : ;
representing altogether the vocal fold vibration pattern® 31\ ] B | PR P P
within the time sequence of 400 ms, and saved as a ne\;E 2 g " ' TP '
image[a section of such an image with three concatenatec 1 {--"- R L
video fields is given in Fig. ®)]. From these images, after 0 : ;
an adjustment of an optimal contrast, amplitudes of the ex- g : ! :
ternally induced vocal fold vibration were extracted. S WSS S S (b) RIGHT VOCAL FOLD

Extremes of the displacements of the vocal folds andg o Ny T —— measured
ventricular folds were read manually for every peridsdg. 2 — Kernel smoothing
2(d)] using a cursor in SigmaScadandel Scientific soft- e Sy I
ware. Each value was represented by a pair of pixel value:g 4 1
X,y (x pixel corresponding to the position of the vocal folds, %_ 3 1
y pixel corresponding to a specific tinelhe data were pro- £ 2
cessed in SigmaPlgdandel Scientificsoftware. Here, thg < 1
pixel values were converted to time values in milliseconds, 0
amplitudes were calculated as a half of the difference be- g
tween the displacement extremes for each vibration period
duration of periods was calculated and converted to fre- 7 l ]
quency values in Hz, best fit of the measured frequency valg 6 17 o e Lngh‘:%ﬁsz'gid
ues was done using the known parameters of the s\iaep E 5+ ' :
curacy better thant1 Hz), and a graph of the frequency 8 4]+
response was plotted. Further on, the data were interpolate(g 3l
smoothed via the Kernel smoothing algorithm, and plotted. g o LN AN R

Resonance frequencies= and half-power (3-dB) < :
bandwidths QAF,) were measured from the smoothed L SR L LA 00 1 S AR NS AR T DR AR AR

0

response curvest, were found as frequencies at which

the amplitude reached maximal valu&,(,,), AF, was mea- 100 150 200 250 300 350
sured as .difference of two frequencies aroufidat which Frequency (Hz)

the amplitude was equal té\,./\2 (Anderson, 1967;

Herlufsen, 1984 FIG. 3. Frequency response functions of the vocal folds extracted from 250

successive VKG fields representing one 100—400 Hz sweep. Adjustment of
the vocal folds corresponds to the phonation frequency of ca. 11Qhiz
reference frequency remains the same for the whole st@dyLeft vocal

fold; (b) right vocal fold; (c) smoothed curves for both vocal folds. Three
Videostroboscopic records representative of selectegpsonance peaks centered near the frequencies of 110, 170, and 240 Hz are
discrete frequencies were digitized and saved as AVI fiiesvisible in the responses. Values above 350 Hz are not plotted since the

. . . amplitude of vibration was below the detection level.
Four phases of a vibration cycle were seleddximal and

minimal displacemen_ts of the_vocal folds, or other Iaryngealfrequency of the sweep. The second and third resonance
structures, and two intermediate statasd composed into  maxima were identified at 171 and 241 Hz with bandwidths
an image using Corel PhotoPaint 8 software. Sketches oubf 44 and 45 Hz, respectively.

lining borders of the laryngeal structures in their extreme  The response of the right vocal fold is given in Figh3
positions were drawn carefully by hand using CorelDraw 8jt reveals two resonance peaks with central frequencies of
software. No quantitative analysis of the stroboscopic images$e4 and 238 Hz and bandwidths of 37 and 41 Hz, respec-

2. Videostroboscopy

was done. tively. An increase in the vibration amplitude is evident also
around 100 Hz; this resonance falls, however, partially be-

. RESULTS low the low frequency limit of 100 Hz and therefore its cen-
tral frequency and bandwidth cannot be identified. Smoothed

A. 100-400 Hz frequency sweep frequency response functions of the vocal folds are set side

Frequency response function of the left vocal fold for Py side in Fig. &). The measured resonance frequencies
the 100-400 Hz sweep is shown in FigaB Three reso- (Fr) and bandwidths4F,) of both the vocal folds are sum-
nance peaks with maxima at 114, 171, and 241 Hz aréarized in Table I.
clearly pronounced here. The first resonance maximum is é
Hz higher than the intended phonation frequency 110 Hz."
The bandwidth of the first resonance peak was impossible to In order to find out the dynamic characteristics of the
measure since the maximum was too close to the lower limivocal folds below 100 Hz, the data from the 50-200 Hz

50-200 Hz frequency sweep
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TABLE |. Resonance frequencies and half-poW@dB) bandwidths of the 20

vocal folds evaluated from 250 successive VKG fields representing one Left ventricular fold
100-400 Hz sweep. : ~—— Right ventricular fold
7| —— Leftvocal fol s
Intended phonation frequendy,=110 Hz 15 : I R?gh‘t/c\’/zaffgid H
Resonance frequendy; Bandwidth D AN -
(H2) AF, (Hz) [
a
Left vocal fold ; """"
1st resonance 114 unidentifiable 'g 10
2nd resonance 171 44 =
3rd resonance 241 45 g
<
Right vocal fold 5 ; F — N
1st resonance <100 unidentifiable : N S B s aag
2nd resonance 164 37 "
3rd resonance 238 41
0
50 75 100 125 150

frequency sweep were analyzed. Smoothed frequency re
sponse functions of both the vocal folds for this sweep are
shown in Fig. 4. Large left—right asymmetry is evident in theFIG. 5. Frequency response functions of the ventricular folds extracted from
graph. The left vocal fold exhibits two distinct resor]ancethe same images as used in Fig(adter Kernel smoothing Maximal re-

K d th tral f . f77 d 104 H Ths%onses of the ventricular folds appear around 70 Hz. Responses of the
Pe‘;‘t S aro:Jr]: id ehcen ra requkenC|e§ 0 E:n58 Y Z'd cal folds(identical to those in Fig. /are also shown, for comparison.
right vocal fold shows a weak maximum a z and a
strong resonance peak with two local maxima at 92 and 100 . . . .
Hz. Bandwidths of these resonance peaks were not measurgad right ventricular fold, respectively. Figure 5 reveals local

) . - peaxs -~ maxima also at 80, 105, and 125 Ileft) and 94, 108, and
due to their nontrivial shape. A local minimum, suggesting N )

. . . : 129 Hz (right); these resonance peaks are relatively weak,

an antiresonance, is found in the right vocal fold at the fre- .
quency of 75 Hz however. The resonance frequencies of the vocal folds and

The second resonance peak in both the vocal folds Ob\{ent.nculgr folds identified from the 50—200 sweep are sum-
arized in Table II.

served in Fig. 4 corresponds to the first resonance peak found
in Fig. 3 in the previously described 100-400 Hz sweep. The
resonance frequencies from these two measurements dfe Laryngostroboscopy
close, but not identicalthe observed difference in the left Laryngostroboscopic investigation was used to find out
vocal fold is 10 Hz, which may suggest that the vocal folds the vipration shapes of the vocal folds during the external
were adjusted slightly differently during the two measure-excitation at distinct frequencies in order to distinguish the
ments. resonance modes of vibration. A laryngostroboscopic image
Besides the vocal folds also ventricular folds clearly re-of the studied vocal folds in the neutral phonatory position is
sponded to the external excitatioRig. 5. Maximal vibra- presented in Fig. @); its sketch is given in Fig. &). The
tion amplitudes of the ventricular folds were more than twicejarynx appeared generally normal, it differed slightly from an
as large as those of the vocal folds within this frequencygeal laryngeal outlook in two feature&t) there was a slight
range. Maxima were identified at 67 and 72 Hz for the |eft|eft_right asymmetry, especially in the position of the

arytenoid cartilageqthis finding may not be considered

Frequency (Hz)

9 == unusual, however, since some degree of asymmetry is ob-
8 o Left vocal fold | served practically in all laryngedirano et al,, 1989; Lind-
{ —— Right vocal fold

o 7
-3 TABLE II. Resonance frequencies of the vocal folds and ventricular folds
g-_ 6 evaluated from 250 successive VKG fields representing one 50—-200 Hz
‘; sweep.
3 P IAN
E 4 : A Intended phonation frequendy,=110 Hz
g- i -\ A\ : B Resonance frequendy,
< 3 : : (Hz) Note

2 Left vocal fold -

lower resonance 77 -
1 higher resonance 104 asymmetric peak
50 75 100 125 150 175 200 9 Y p
Right vocal fold
Frequency (Hz) lower resonance 62 weak

FIG. 4. Frequency response functions of the vocal folds extracted from 250 higher resonance 92, 100 double peak
successive VKG fields representing one 50-200 Hz swaéipr Kernel | oft ventricular fold 67 asymmetric peak
smoothing. Maximum response of the vocal folds is located around 100 Hz;
below this frequency there are large left—right differences. Amplitude of theRight ventricular fold 72 asymmetric peak

shaker was reduced here with respect to the measurement shown in Fig. 3
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FIG. 7. Sketches showing positions of the laryngeal structures at two oppo-
site phases of the vibratory cycle at 50, 75, and 10Qde#d versus dashed
lines, extracted from images A and C, G and I, M and O in Fig. 6, respec-
tively). Large amplitudes of vibration of the aryepiglottic folds and

FIG. 6. Series of laryngostroboscopic images of the externally excited Iaf'Jl ry tenoid carulageg are eV|de_nt at 50 kap), these_ gmplltudes succes-
sively decrease with increasing the external driving frequency to 75

ryngeal vnbratlops at the frequencies of 50 75, and 100 Hz. Five successiv middle) and 100 Hz(bottom. Large amplitude of the left ventricular fold
phases of the vibration cycle are shown; images A and E, G and K, and B

Y can be observed at 75 Hz. An evident response of the vocal folds—the
and Q represent the same phase at the beginning and the end of the strobo-

scopic cycle. Videokymographic images at the botidhi,R) show vibra- Opening—closing motion—can be seen at 100 Hz.
tion of the laryngeal structures at the positions marked in the images E, K,

and Q. Oscillations of the aryepiglottic folds and arytenoid cartillages are Excitation at 75 Hz Oscillations of the arytenoid and

dominant at 50A-E) and 75 Hz(G-K), the VKG image L reveals also . . . . . )
large oscillations of the ventricular folds at 75 Hz. Opening—closing re-ary(_:‘pl(-:]lor[IC folds were dominant at this frequency' their am

sponse of the vocal folds is apparent at 100(Mz-O). (See the sketches in  Plitudes were, however, smaller compared to the frequency
Fig. 7) of 50 Hz[Figs. 6G)—(L), Fig. 7 middld. Ventricular folds

(or, more accurately, the spatial distance between the medial
estad, 199); (2) the vocal folds were slightly bowed, thus borders of the ventricular folgisexhibited large vibrations
the glottis remained slightly open in the neutral phonatorythis is partially obscured in the stroboscopic images; VKG
position. For the purpose of this study, the bowing was notmage in Fig. 6L) reveals the large amplitude of the ven-
considered as an impediment but rather an advantage sincetiitcular folds more clearly Oscillation of the left vocal fold
eliminated the collision between the vocal folds that wouldwas noticed in VKG; its vibration amplitude was small with
otherwise perturb their oscillations. Sequences of laryngosrespect to the amplitudes of the ventricular foJ&gy. 6(L)],
troboscopic images at frequencies 50, 75, 100, 110, 175, aratytenoid cartilages, and aryepiglottic folds. In the strobo-
250 Hz are presented in Figs. 6 and 8, sketches extracting tteeopic view[Figs. §G)—(K)], the right anterior part of the
oscillation of the laryngeal tissues from these images aréarynx appeared slightly squeezed, presumably due to
given in Figs. 7 and 9. slightly asymmetrical placement of the shaker on the neck.

Excitation at 50 Hz At this frequency, large oscillations Excitation at 100 Hz At this frequency(only 10 Hz
of the laryngeal collar, especially the aryepiglottic folds andlower than the reference phonation frequendye vocal
arytenoid cartilages, were visually dominant in the strobo<olds responded by a clear opening—closing moverfieigs.
scopic view[Figs. A)—(F), Fig. 7 tog. Vocal folds oscil- 6(M)—(R), Fig. 7 bottonj. Amplitudes of vibration of the
lated as a unit with other laryngeal structures. Left—right andarytenoid cartilages, aryepiglottic folds, and ventricular folds
anterior—posterior phase differences in oscillation were viswere smaller compared to the excitation at 75 Hz.
ible among the laryngeal structures; no analysis of these Excitation at 110 HzEXxcitation frequency matched the
phase shifts was done, however. reference phonation frequency here. A clear opening—closing
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Excitation at 175 HzHere, the external frequency was
very close to the second resonance frequency of the vocal
folds (in accordance with Fig.)3The vocal folds responded
with lateral-medial oscillations encompassing two half-
wavelengths along the glottal length—anterior and posterior
parts of the glottis oscillated with opposite phagé&igs.
8(G)—(L), Fig. 9 middld.

Excitation at 250 HzHere, the external frequency was
close to the third resonance frequency of the vocal féils
accordance with Fig.)3 Despite the small amplitude of the
vibration it was possible to identify response in the vocal
folds showing lateral-medial oscillations encompassing three
half-wavelengths along the glottal length—middle part of the
glottis oscillated in an opposite phase to the anterior and
posterior part§Figs. §M)—(Q), Fig. 9 right.

IV. DISCUSSION

The results bring an encouraging message: principally, it
is possible to use laryngoscopy for obtaining more detailed
information on dynamic characteristics of the vocal folds.
Three distinct resonance frequencies of the vocal folds were
found around 110, 170, and 240 Hz. The first resonance fre-
quency around 110 Hz corresponded to the frequency of
phonation. The resonance frequencies were found to be as-
sociated with different modes of vibration of the vocal folds.
Figure 9 reveals the associated resonance mode shapes as
seen in the laryngoscopic view; these three mode shapes can
be designated as modesl, x-2, andx- 3, respectively1, 2,

3 meaning the number of the half-wavelengths along the
longitudinal axis of the vocal folds

_ o _ The resonance frequencies show an interesting relation-
FIG. 8. Series of laryngostroboscopic images of the externally excited vocaé

fold vibrations at the frequencies of 110, 175, and 250 Hz. The stroboscopichlp' it can be seen from the results in Table I’. partI.CUIarIy n
and VKG images are selected and organized analogously to Fige6.the the case of the left vocal fold, that the relationship of the

sketches in Fig. 9 for more details. resonance frequenci€s:F,, (114:171 Hz is exactly 2:3,
the relationshipF,;:F,,:F,3 (114:171:241 Hgis close to
2:3:4. Theoretically, if all the modes associated with these
resonance frequencies would be excited simultaneously dur-
ing phonation, a complex vocal fold vibration with a result-
ing subharmonic frequency &f,,/2 (57 H2 would be pro-
duced. This finding might be related to Bg/2 subharmonic
phonation which was found in the same subject when pho-
nating with slightly abducted vocal folds at high airflow vol-
ume velocities. The complex vibration pattern of the vocal
folds typical for this phonation was described in detail in our
previous studySvecet al, 1996. The 2:3:4 relationship is,
however, suspected to be not a general but rather specific
feature of the vocal folds investigated here, since the phona-
tory maneuver of $ecet al. (1996 was found to lead to the
Fo/2 subharmonic phonation not in every subject.

The laryngoscopic findings do not support the hypoth-
250 Hz esis of Ishizaka1988 that thex-11 mode is related to the

) ) o second resonance frequency of the vocal folds; it was rather

FIG. 9. Sketches illustrating the vibration shapes of the vocal folds at tw

opposite phases of the vibratory cycle at 110, 175, and 25@élid versus che x-2 mode which was found to play the role here. The

dashed lines, extracted from images A and C, G and I, and M and O in FigPut-0f-phase oscillations of the upper and lower margins of
8, respectively These vibration shapes represent the resonance modthe vocal folds, typical of the-11 mode, were not distin-
shapes associated with the first three resonance frequencies of the VOQj’{JiShed in the present study since the lower margin remained
folds. 110 Hz: opening—closingk{1) mode; 175 Hz: anterior and posterior hidden in the Iaryngoscopic view and it was impossible to
halves of the glottis oscillate with opposite phages?2 mode; 250 Hz: . ) . .
middle third of the glottis oscillates at an opposite phase to the anterior anfl€tect its movement. For the same reason, it was impossible

posterior thirds(x-3 mods. to clearly specify whether th&-10 or thex-11 mode(or

movement of the vocal folds was dominant in the larynx
[Figs. 8A)—(F), Fig. 9 leff]. Oscillations of the laryngeal
collar were of relatively small amplitude and are not shown
here.

110Hz
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their combinatiohis responsible for the first resonance peak.mation on dynamic characteristics of the other laryngeal
The recent analysis of Berrjin pres$ suggests that all the structures, like, e.g., the ventricular folds, could also be help-
modes from the-1 class(x-10,x-11,x-12, etc) clusterinto  ful since these structures contribute to phonation in certain
a joint resonance peak which makes them practically undissinging styles(Fuks et al, 1998; Lindestad and “8ersten,
tinguishable in the laryngoscopic view. This result would 1999 or in patients with voice disorderruse, 1981; von
correspond with our difficulties with distinguishing these Doersteret al, 1992; Schuttest al, 1998; Secet al,, 1997,
modes. 1999. For a more extensive analysis, however, it is desirable
Certain discrepancies were found in our data betweeto employ automated or semi-automated image detection
the 50—200 Hz and 100-400 Hz sweeps. The responses 6iVittenberg, 1997, 1998; Saadahal, 1998; Larssoret al,
the vocal folds were expected to be similar in the overlap-1999 instead of manual analysis of the images which is
ping range 100—200 Hz. Comparison of Figc)3and Fig. 4  exceedingly time consuming. Certain other questions remain
reveals clear differences in this range, however: the firsto be answered, e.g., whether the direction of the frequency
resonance frequency,; in the 100-400 Hz sweep is Sweep does not influence the observed resonance properties.
slightly higher than the corresponding resonance frequenchy general, however, the method presented here appears use-
measured in the 50—200 Hz swe@d4 vs. 104 Hz, respec- ful and promising for studying the dynamic characteristics of
tively, was measured on the left focal fopldThis suggests the larynx.
that the vocal folds might have been tuned slightly differ-
ently in these two measurgments_. . ACKNOWLEDGMENTS
Another and more serious discrepancy is that the reso-
nance peak around 170 Hz, which is clearly pronounced in  The paper was presented to the 2nd International Con-
both the vocal folds in the 100—400 Hz response clifig.  ference on Voice Physiology and Biomechanics, March 12—
3(c)], is not present in the 50—200 Hz response of the vocal4, 1999, Berlin, Germany. The authors are grateful to the
folds (Fig. 4). This discrepancy might be attributed to at leastSound Studio of the Academy of Performing Arts in Prague
two factors. First, the amplitude of the vibrations of the for providing us with a part of the equipment needed for the
shaker, which was reduced in the 50—200 Hz sweep, migt@xperiment. The research has been supported by the Grant
have been too small to excite the vibration of the vocal foldsAgency of the Czech RepubliGA CR), project no. 109/98/
at this resonance frequency to a laryngoscopically detectabl019.
level. Second, an even more plausible origin of this discrep-
ancy might be due to _slightl)_/ dif_ferent measure_ment pOSitionAPPEND|X: GENERAL COMPLICATIONS AND
used for the two VKG |nvest|gat|0ns. Whereas in the SO_ZO%ITFALLS OF THE METHOD PRESENTED
Hz sweep the VKG measurement position was close to the
middle of the glottis(Fig. 6, images E, K, @ which is the A Vocal folds and the Kaneko maneuver
nodal point of thex-2 mode at which the amplitude is mini- (1) Vocal fold tuning There is no control of the vocal
mal, in the 100-400 Hz sweep the measurement line wald tuning in the neutral phonatory position, thus it is not
placed in a more anterior part of the glottisig. 8, images certain that the tension of the vocal folds remains the same as
E,K,Q where the amplitude of th&-2 mode is maximal. compared to the actual phonation. The difference in the ten-
Such sensitivity of the results to the VKG measurement posion may result in a change of the dynamic characteristics.
sition is one of the pitfalls of the VKG method used here. AThe accuracy of the Kaneko maneuver in living subjects re-
more complete list of the potential complications and pitfallsmains to be specified in this respect.
is given in the Appendix. (2) Degree of adductianinvestigated subject might
Not only the vocal folds but also other laryngeal struc-tend either to abductopen or to hyperadductpress to-
tures apparently responded to the vibrations applied extegethej the vocal folds during the neutral phonatory position
nally on the neck. Below 100 Hz, the amplitude of vibration while holding the breath. In order to avoid this tendency,
of the vocal folds was much smaller than that of the ventricu{aryngoscopic view was monitored and provided as a feed-
lar folds (their resonance frequency was identified to be closéack to the experimental subject as well as to the examiner.
to 70 Hz; see Table )las well as the aryepiglottic folds and The Kaneko maneuver and the neutral phonatory position
arytenoid cartilagestheir resonance frequency is suspectedwere judged correct if the vocal folds were kept essentially in
to be close to 50 Hz in this experimgnDifferent parts of the same position as they were during the preceding phona-
the larynx thus appear to be tuned to different resonancéon.
frequencies. The resonance and antiresonance peaks of the (3) Airflow. Even a small amount of glottal flow might
vocal folds found below 100 HzFig. 4) are suspected to influence behavior of the vocal folds, thus the glottal flow
have the origin in an interaction of the vocal-fold vibration shall be avoided when the vocal folds are in the neutral pho-
with the vibration of the adjacent laryngeal structures. Thenatory position. Small airflow velocities are, however, diffi-
large left—right asymmetry in the vocal fold response belowcult to perceive by the examined subject when the shaker
100 Hz (Fig. 4) is assumed to be related to the clear asym-ibrations are applied onto the neck. In our case, the far-
metry of the laryngeal structures shown in Figa)2 from-sinusoidal vibration pattern of the vocal folds seen in
In future studies it is important to investigate the dy- the videokymogram R in Fig. 6 with an indication of a shear
namic characteristics of the vocal folds at various frequenmovement of the vocal folds and the occurrence of mucosal
cies of phonation and in more subjects. More detailed inforwaves leads us to suspect that some glottal flow might have
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The harmonics-to-noise rati#iNR) has been used to quantify the waveform irregularity of voice
signals[ Yumotoet al,, J. Acoust. Soc. Am71, 1544-15501982)]. This measure assumes that the
signal consists of two components: a harmonic component, which is the common pattern that
repeats from cycle-to-cycle, and an additive noise component, which produces the cycle-to-cycle
irregularity. It has been showfd. Qi, J. Acoust. Soc. Am92, 2569-2576(1992] that a valid
computation of the HNR requires a nonlinear time normalization of the cycle wavelets to remove
phase differences between them. This paper shows the application of functional data analysis to
perform an optimal nonlinear normalization and compute the HNR of voice signals. Results
obtained for the same signals using zero-padding, linear normalization, and dynamic programming
algorithms are presented for comparison. Functional data analysis offers certain advantages over
other approaches: it preserves meaningful features of signal shape, produces differentiable results,
and allows flexibility in selecting the optimization criteria for the wavelet alignment. An extension

of the technique for the time normalization of simultaneous voice sigsalsh as acoustic, EGG,

and airflow signalsis also shown. The general purpose of this article is to illustrate the potential of
functional data analysis as a powerful analytical tool for studying aspects of the voice production
process. ©2000 Acoustical Society of Amerid&0001-496600)00310-6

PACS numbers: 43.70.Aj, 43.70.Dn, 43.70.Gr, 43.72AL]

I. INTRODUCTION ponent which is the periodic pattern that repeats through all
the wavelets, and an additive noise component which pro-
This paper deals with the problem of quantifying the duces wavelet irregularity. In the cited work, the harmonic
irregularity in the waveform of a voice signal. It has long component was computed as the average of the wavelets,
been known that measures of irregularity in the time and/oand the noise component as the difference of the wavelets to
amplitude domain may differentiate normal from abnormaltheir average. Since the wavelets have different lengths due
voice qualities, with the pathological samples showing moreo jitter, they were normalized in time by zero paddiing.,
extreme measures of irregularity than the normal samplefilling with zeroes each wavelet to the longest period, so that
(Lieberman, 1962; Titze, 199jiarhus accurate measures of they could be compared on a point-by-point basis.
waveform irregularity could be used as a noninvasive tech- Qi (1992 showed the limitations of the zero-padding
nique for voice evaluation and diagnosis. normalization: since the wavelets differ in length, a large
As pointed out by Q{1992, computing such measures portion of the computed noise will be caused by the length
of waveform irregularity presents the difficulty that an infi- irregularity. Thus voices with high values of jitter will nec-
nite amount of information is involved, in contrast to, e.g., essarily produce low values of the HNR, so that the HNR in
measures of fundamental frequency irregulafjityer) which  such cases does not provide an accurate indication of general
deal with a single parameter. The simplest approach is teaveform irregularity. A first solution to this problem would
compute the variability on the maximum amplitude of eachpe a linear expansion or compression of all wavelets to a
period (wavele} of the signal. However, this measure hascommon length. However, phase differences between wave-
limitations since it misses information at other points of thelets would remain, which would also contaminate the com-
wavelets. It is easy to see that wavelets of different shapesuted HNR. To illustrate this problem, a simple case of two
but the same maximum amplitude would produce a zeravavelets is shown in Fig. 1. In each plot, the broken line is
measure of irregularity by such an approach. the computed average. In the case of zero-padding normal-
As an improved measure, the harmonics-to-noise ratigzation (Fig. 1, top, the average clearly does not resemble
(HNR; Yumoto et al, 1982 was proposed, in which the eijther of the wavelets. It also has a point of discontinuity at
whole wavelet is used in the computation. The HNR assumeghe start of the zero-padding region. With linear normaliza-
that the signal consists of two components: a harmonic comion (Fig. 1, middle, a better continuous average is obtained,
although its shape is still different from those of the wave-
aEjectronic mail: lucero@mat.unb.br lets. To obtain a better average, phase differences between
DElectronic mail: koenig@haskins.yale.edu the wavelets should be removed. A more accurate computa-
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2 ¥ " " N T different optimization criteria may be adopted according to
15l the application.
’ This work will show the application of the FDA nonlin-
1t ear normalization technique to extract averages and compute
the HNR of voice signals. Results obtained for the same
0.5r signals using zero-padding, linear normalization, and dy-
0 ‘ . . , namic programming algorithms will also be presented for
0 200 400 €00 800 1000 1200 comparison. Our general purpose is to illustrate the potential
Sample number . .
2 ] . . i . of FDA as a powerful analytical tool for studying aspects of
the voice production process.
1.5¢
1 +
Il. MEASUREMENT OF VOICE SIGNAL IRREGULARITY
0.5¢ USING FDA
00 200 400 800 860 10‘00 1200 A. Nonlinear time normalization
5 . ‘ Samp'e'”“mbe’ i ' FDA has emerged in recent years as a set of analytical
i tools to explore patterns and variability in sets of data that
15¢ may be regarded as functional observatiamsay and Sil-
[ verman, 199Y. The term functional here means that, al-
b though the data may be observed and recorded discretely,
0,5;L they may be described by some function of time. A single
; ) functional observatiorz consists of a finite set of pairs
% 200 400 600 800 1000 1200 (tj.z;), wherez; is the measurefth sample ofz at timet; .
Sample number In FDA, the existence of an underlying functigit) is pos-

tulated, such that
FIG. 1. Methods of temporal normalization applied to the extraction of the

average(dashed ling of two wavelets. Top: zero padding. Middle: linear zi=y(t)+e€, 1)
normalization. Bottom: nonlinear normalization. ) ) )

where; represents an observational error or noise term. A

variety of analytical tools may be applied to extract the main
tion of the wavelet average and the HNR requires a nonlineacharacteristics of the functional data set. Such tools may re-
expansion or compression of the wavelets in time, so thadjuire evaluating such a functigr{t) at any particular instant
their shapes become alignélig. 1, bottom. Only in this  of time, and all its derivatives that exist at such an instant.
case may the average be considered as the common pattéiwo approaches may then be followegd) extractingy(t)
of the wavelets. To accomplish an optimal wavelet align-from the raw data by filtering out the noigee., by smooth-
ment, Qi(1992 applied a dynamic programming algorithm. ing the data or (2) leaving the noise in the data and requir-
In later works(Qi et al, 1995; Qi and Hillman, 1997 un-  ing smoothness of the results of the analysis. In the present
constrained dynamic programming and zero phase transfocase, smoothing the raw data would eliminate or attenuate
mation were used for the alignment. The zero phase transhe same irregularity we want to assess, so the second ap-
formation simply removes all phase-related information fromproach will be followed. We will align the raw voice wave-
the wavelets prior to computation of the HNR; however, thislets by requiring a smooth expansion or compression of the
approach produced in general poorer measures of wavefortime scale. We describe briefly the FDA algorithm for non-
irregularity than nonlinear normalization, according to testdinear time normalization. For more details, we refer the

using synthetic signali et al,, 1995. reader to the cited referencésuceroet al,, 1997; Ramsay,
A similar issue has been recently discussed in the cas&998; Ramsay and Li, 1998; Ramsay and Silverman, 1997
of speech movement signalkucero et al, 1997. In that Let us denote the set of wavelets to normalizeds),

work, three techniques for extracting the average of a set aftherei=1,...N, andN is the number of wavelets. For sim-
speech wavelets were considered, namely: un-normalized aplicity, let us assume that all the wavelets have the same
eraging (equivalent to zero padding, Fig. 1, fodinearly  length, fromt=0 to t=1. For each wavelet, a strictly in-
normalized averagingas in Fig. 1, middlg and nonlinearly  creasing and smooth transformation of tifmgt) (warping
normalized averagin¢as in Fig. 1, bottomn To achieve the function) is determined, such that each normalized wavelet
nonlinearly normalized average, a new algorithm based on .

functional data analysi&"DA; Ramsay, 1998; Ramsay al., X (O =x[hi(t)] @)
1996_; Ramsay and Li, 1998; Ramsay and S_ilverman, L997¢ close in some measure to their average

was introduced. It was argued that this algorithm has advan-
tages over previous dynamic programming because the re- __
sults are smooth and differentialfaus allowing for further X(=y5 ;1 X7 (1). ()
processing it does not require users to select one of the

wavelets as a reference or template for the alignment, anSuch a transformation is defined as

N
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toy nals are recorded simultaneousb.g., acoustic, EGG, oral

hi(t):AL elovitvd gy, (4 airflow, and other voice signalst might be desirable also to
normalize them simultaneously, to keep their synchrony in

wherew;(t) is the relative curvature dfij(t) (to be deter- time. Also, simultaneous normalization may be applied to

mined optimally, v is an integration variable, and coefficient reveal phase relations between the signal sets.

A'is selected so thdt;(t) = 1. Given any functiow;(t) such For this case, instead of scalar-valued wavelets, one may

that the integrals in Eq4) exist, this equation will produce consider vector-valued wavelets such as

a strictly increasing and twice differentiable functib(t). _ .

Different measures may be used to evaluate the close- Xi(t) =[Acoustics(t), EGG(1), Airflow;(1),.. ]". (@)
ness of the normalized records to their average, according ®he warping functions are still scalar functions, which simul-
the particular application. Here, the measure taneously align all the components of the wavelets.

1 1 The cost function has now the general expression
F(Xi,w, ,a,x)zfo a(t)[xr(t)—?(t)]zdtﬂxfo w?(t)dt

©)
is adopted, wherex(t) is a weighting function and is a 1
positive constant. The first integral is the classic squared er- +)\f wiz(t)dt, 8
ror measure used in dynamic programming algoriti@s 0
1992; Qiet al, 1995; Qi and Hillman, 1997 The weighting  whereA(t) is a matrix of weight functions.
function «(t) may be used to emphasize alignment in par-
ticular regions of the wavele{dy setting a larger value of
a(t) at those regionls The second integral incorporates a - Indices of irregularity
penalty for the roughness of the warping function, controlled

F(x Wi ,AN)= fol[xi*(t)—?(t)]TA(t)[xi*(t)—F(t)]dt

by parametein (the larger the value ok, the smaller the We consider here two indices of irregularity. The HNR
curvature ofh;). (Yumotoet al, 1982,

Hence, the problem consists of estimating the curvature NS5 2(1)dt
functionsw;(t) in Eq. (4) that will minimize the total mea- HNR= 0 (9)
sure(cost function SISOl () —x* (1)]2 dt

N and an index of nonlinear warpindNW), defined as the

C(Xg,- XN Wy, e Wy ,a,?\)zizl F(xi,wi,a,N). (6)  mean of the root-mean-squared values of warping functions

Ah;(t):
This minimization problem may be solved by using an ex- | LN
pansion of[iw;(t)dt into a basis of B-spline functions, as INW= — /flAh- ndt 10
described by Ramsay and Silverm@®97 and Lucercet al. N .21 0 (Ddt. (10

(1997).
The algorithm assumes that all the wavelets have th@|. EXAMPLES WITH SYNTHETIC SIGNALS
same length from 0 to 1. It is possible to modify it to accom-A Signal
modate wavelets of different lengths and time spans. How-" 'gnais
ever, it is computationally much simpler to interpolate all We first applied the above techniques to synthetic sig-
wavelets to a common length and attribute to this length amals, in order to determine the relative accuracy of the dif-
artificial [0, 1] time span before applying the nonlinear nor- ferent approaches. To allow comparison with previous work,
malization. The results should be the same in either case. we synthesized signals following the equations given by
After the wavelets have been optimally aligned in time, Titze and Liang(1993.
we extract the normalized averag&(t) and the normalized We set the instantaneous frequency of the signals to
noise components’* (t)—x*(t), i=1,...N. We also com- _ .
pute the expressio;:hi(t)=hi(t)—t, i=1,..N, which rep- fe()=To(1+K;sin2mfot/10)), (1)
resents the amount of nonlinear warping or phase shift fowheref, is the center frequency, artk is a parameter for
each wavelefif no warping is required, theh;(t)=t and frequency variability. For simplicity, we adopted a sinusoidal
Ah;(t)=0]. The irregularity of the set of wavelets may then frequency modulation instead of a random modulation. The
be seen in the above functions or related ones. For exampl#stantaneous phase is
one may compute the standard deviation of bgtiit) and

t
h;(t) across theN wavelets, to visualize how the waveform 0(t)=f 27f (t)dt. (12
irregularity and phase irregularity are distributed along the 0
wavelet period0, 1]. The signal is then synthesized as
X(t)=y[ 6(t)]+ K, Randrt), (13

B. Extension to simultaneous signals where y(6) is a periodic functionK, is a parameter for

The above algorithm may be easily extended for simul-amplitude variability of the signal noise, and Rangnis a
taneous normalization of sets of signals. When various sigfunction that generates a random value from a normal distri-
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0 normalization using the above FDA algorithm. For compari-
son, we also applied the Dynamic Programming algorithm
given by Qi(1992. Let us briefly recall that this algorithm

computes a warping function by minimizing the total square

1 " " N Twenty individual cycles were then identified as the portions
with 27(n—1)<60<2wn, n=1,...,20, and arranged as a set
0.5¢ 1 . )
of 20 waveletgthis number of wavelets was used to insure
~ 0 1 statistical validity of the results yet to keep the processing
i task manageableEach set of wavelets was then normalized
—0.5¢ in time applying zero-padding, linear normalizatiGmsing
-1 : ; ; cubic spline interpolation; Prest al, 1992, and nonlinear
5 10 15 20 25
6

—_

>~0.5¢t | error (cos) between the aligned wavelet and a template, with
higher and lower limits imposed to the warping as con-
straints. The template is chosen as the wavelet with the mini-

0 mum total cost compared to all the other wavelets. After

0 5 10 15 20 25 aligning all wavelets, the mean total cost is the noise energy
[denominator in Eq(8)] divided by a factor of\.
For FDA normalization, we we set functian(t) in Eq.
(5), to a constant value of 100Qe., giving the same weight
to alignment along all the wavelet lengthThe constant
value was selected so as to have cost function values in the
range 1-100, to facilitate the application of the optimization
, ) ) , Matlab routine(BFGS quasi-Newton algorithm; Pressal,
0 5 10 15 20 25 1992 available in its standard toolboxes. The roughness pen-
6 alty parameter was set at=1. This value was selected by
FIG. 2. Synthetic signals used to test the algorithms. Top: sine wavevIsual mspecthn of th.e r(-':‘gults, SO as to a”(.)W al'lgnment of
Middle: EGG analog. Bottom: mouth pressure analog. the wavelets without significant waveform distortion.

After the normalizations, we computed the HNR and, in
the case of nonlinear normalization with FDA, the index of
nonlinear warpingINW). Also, we computed the signal-to-
noise ratio of the train of cycles

bution. We considered various functions #g6): (a) plain
sine wave(Fig. 2, top

y(6#)=cog0), (14
. . . o IoyA 6(t)dt
(b) EGG analogFig. 2, middlg, using the expressiofTitze SNR= —7 —, (17
and Liang, 1998 Jolx(t)—y[o(t)]}~ dt
0.91-cog26)], 0s6<m/2 wherex(t) andy(t) are the signals before and after the ad-
y(o)= 0.91-cog20/3+27/3)], ml2<6<2w dition of noise(amplitude variability, respectivelysee Eq.

(15) (13)], andT is the train’s length. Since the SNR measures the
ratio of the energy of the signal without noise to the noise
energy, it may be regarded as the “true” HNR value. Hence,
we consider computed HNRs that are closer to the SNR to be
more accurate. Let us remark here that the objective of non-
y(6)=2.182, RealC,)cogn6)+Imag Cy)sin(no), linear normalization is to obtain an HNR value that is close
n=o (16) to the SNR[as defined in Eq(17)] by aligning the wavelets

- ) while keeping their general shape.
whereC,, are the coefficients in Table |. These values were

obtained by first synthesizing a mouth pressure analog signal

using the technique described by Titze and Liéh@93, and ~ TABLE | Fourier coefficients for Eq(16).
then extracting its first 11 Fourier coefficients. Coefficient
2.18 sets its peak amplitude to 1.

and (c) mouth pressure analo@rig. 2, bottom), using the
expression

10

=}

Cn

—0.000 16+i0
0.068 83+i0.011 02
0.049 44-10.078 75
—0.03122-i10.095 82
—0.17036-i0.049 38
0.029 29+i0.073 95
0.022 15-i0.020 59
0.034 19-10.000 90
—0.001 43-i0.005 95
—0.00056-10.001 16
—0.000 24-i10.000 29

B. Processing and results

All the algorithms were implemented in Matlab, and run
on a personal computer. Trains of cycles of the three signals
were synthesized using a sampling frequency of 10 kHz and
center frequency,= 150 Hz. Wide ranges of values fét,
and K; were considered, from @no irregularity to K,
=0.1 andK;=0.6 (large irregularity, as assessed visugnlly

WO ~NO O~ wWNEO

=
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FIG. 4. Average componeifitop), noise componentgniddle), and warping
FIG. 3. Mouth pressure wavelets fét,=0.05 andK(=0.4, after zero-  functions(bottom) of wavelets in Fig. 3, with nonlinear normalization.
padding normalizatior{top), linear normalization(middle), and nonlinear
normalization(bottom).

Figure 3 shows an example of the mouth pressure wave-
lets[Eqg. (16)] for K,=0.05 andK;=0.4, after zero-padding
normalization(top), linear normalization(middle), and non-
linear normalization with FDA(bottom). We can see that
nonlinear normalization aligns the wavelets by removing all
phase variability. Figure 4 shows the extracted averige)
after nonlinear normalizatioftop), the noise components of
the normalized signalg;(t) —x* (t) (middle), and the phase 1
shift functions Ah;(t) (bottom. The average matches the
common pattern of the wavelets, and the noise is uniformly
distributed along the wavelets. The HNR-.76 dB with
zero padding, 6.69 dB with linear normalization, 15.0 dB
with nonlinear normalization using Dynamic Programming,
and 18.54 dB with nonlinear normalization using FDA. The
SNR is 17.82 dB. Clearly, the HNR with nonlinear normal-
ization using FDA produces the best approximation to the 2
SNR of the four methods.

0 0.2 04 06 08 1
Normalized time

0.4 0.6 0.8 1
x 107 Normalized time

It is instructive to compare the resultant waveforms pro- &£ 0 N\,\
duced by the two nonlinear normalization methods. Figure 5 3_2 N {\l\
shows one of the wavelets after nonlinear normalization by 8 :

Q.

both methods, and the phase shift functiaig(t). We can
see that the normalized wavelet with FDA maintains the _ ) . ) )
same original shape with a smooth phase shift. On the other 0 0.2 04 06 0.8 1
hand, the normalized wavelet with Dynamic Programming Normalized time

has noticeable distortior(g.g., compare the shapes of peaksFiG. 5. Comparison of nonlinear normalization results using FDA and Dy-

and valley$. These distortions are the consequence of amamic Programming. Top: linearly normalized wave(dashed ling and
irregular(nonsmooth phase shift function. normalized Wave_let using FD/§solld line). Mldgﬂe. I|nearly normallzed_

. R wavelet(dashed lineand normalized wavelet using Dynamic Programming
Figure 6 shows results when the frequency variability of(soiid ling). Bottom: phase shift functions produced by FD#mooth curve

the signal is fixed t&; = 0.4, and the amplitude variability is and Dynamic Programmingiscontinuous curve
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FIG. 6. HNR (top) and INW (bottom) versus amplitude variabilitK , , for FIG. 7. HNR (top) and INW (bottom) versus sampling frequency, fét,

K{=0.4. Circles: nonlinear normalization using FDA. Stars: nonlinear nor-=K;=0. Circles: nonlinear normalization using FDA. Stars: nonlinear nor-

malization using Dynamic Programming. Crosses: linear normalizationmalization using Dynamic Programming. Crosses: linear normalization.

Squares: zero padding. Triangles: SNR. Squares: zero padding. The ideal values of the HNR and INW should be
HNR=SNR=% and INW=0.

in the rangeK ;=0 to 0.1. The nonlinearly normalized HNR

using FDA measures the SNR with good accuracy. The HNRyetween sampling frequency and signal central frequency,
using Dynamic Programming produces results similar toyhere nonlinear normalization using Dynamic Programming
FDA at large values oK,, but the results worsen &S,  nroduces higher values.

decreases. Both the zero-padded HNR and the linearly nogq,,re g shows results when the amplitude variability of the

malized HNR are almost constant, since they measure mos.t!%‘lgnal is fixed toK ,=0.05, and the frequency variability is

the frequency and phase variability of the wavelets, which IS e rangeK ;= 0—0.6. Both nonlinear normalization meth-

also constant. The lower plot shows the index of nonlinear ds vield an HNR that | d imation to the al i
warping versus the amplitude variability. It is approximately0 S yield an atis a good approximation to the aimos

constant in the whole range, reflecting the constant frequenc§Pnstant SNR, and in general, nonlinear normalization with

variability. DA is more accurate than Dynamic Programming. Both the

Figure 6(top) also shows that, as the amplitude variability Zero-padded and linearly normalized HNR decrease as the
tends to 0, the SNR tends to infinity. However, the HNRfrequency and phase variability increase. We also observe
with both methods of nonlinear normalization reaches dhat the index of nonlinear warping increases with the fre-

maximum finite value ak,=0. This is a consequence of quency variability, as required.

errors introduced by discretization at the sampling fre-The results with sine waves and EGG analogs are similar to
quency, and numerical errors produced by the algorithms. Téhe ones shown for the mouth pressure analog. According to
assess the degree.of precision of the algorithms and test thgese results, the nonlinearly normalized HNR using FDA

effect of the sampling frequency, we set béth andK 10 yregicts the SNR of the signals with good accuracy. Further,

zero, and varied the sampling frequency. Figure 7 shows the, ¢ 1o using FDA are better than results using Dynamic Pro-

computed HNR for the four methods and the index of non'gramming, in the sense that the HNR is usually more accu-

linear warping. In general, as the sampling frequency in- . .
creases tr?e SNR ir?creases and INW derc)reé?deallc;/ thez rate and the resultant normalized wavelets and phase shift
should be infinite and zero, respectivelyhe dips and peaks fUnctions are smoother with FDA, whereas Dynamic Pro-
of the HNR and peaks of INW correspond to integer rela-9ramming introduces significant shape distortions in the
tions between the Samp“ng frequency and Central frequencwavelets. The I’esults a|SO ShOW that nonlinear normalization
of the signal. In general, the nonlinear normalization withis less sensitive to frequency variability than linear normal-
FDA produces more accurate values of the HNR than thézation or zero padding, thus reducing the effect of jitter on
other methods. The only exceptions occur at integer relationthe HNR.
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FIG. 9. Recorded acoustitop), EGG (middle), and airflow(bottom wave-
lets for normal speaker A.

IV. EXAMPLES WITH RECORDED VOICE SIGNALS acoustic, EGG, and airflow wavelets, respectively, and
EROM NORMAL SPEAKERS A=0.1. These values were selected following the same crite-

ria as in the case of the synthetic signals. The lower value of
«a for the acoustic wavelets is a consequence of their larger
We next tested the FDA normalization with recordedamplitude values. Selecting a proper valuecoimight be
voice signals. We collected simultaneous acoustics, EGJacilitated by normalizing all wavelets in amplitude prior to
and oral airflow from two normal adult subjects producing athe nonlinear normalization, e.g., by dividing the wavelet
sustainedd/. One of the subjectéA) was female, age 33, amplitudes by their peak amplitudg$vang and Gasser,
and the otherB) was male, age 28. The airflow was re- 1997.
corded using an undividetbral-nasal Rothenberg mask, Figure 9 shows the three sets of wavelets for subject A.
and a Glottal Enterprises MSIF-2 filter. The acoustics waslhe three sets have some phase variability, apparently larger
recorded with a Seimheiser MKH 816T directional micro- in the acoustic and airflow wavelets. We can also note a large
phone placed outside the mask. The EGG was recorded witlic component in the EGG wavelets, probably produced by
a Synchrovoice Research Electroglottograph and Glottal Envertical movements of the larynx during the recording.
terprises Linear Phase Filter and Digital Delay LPHP-2, with Prior to the FDA normalization, the wavelets were
settings at 3-kHz frequency limit, no delay, no coupling, andaligned vertically by removing their mean. An alternative for
high-pass filter at 5 Hz. All signals were low-pass filtered atperforming a vertical alignment may be to use the first or
4.8 kHz and digitized at 10 kHz with 12-bit precision. Using second derivative of the wavele(Ramsay and Silverman,
the same sampling rate for all signals facilitated the applical997. After the derivatives have been normalized in time,
tion of the normalization algorithms. then the computed warping functions may be used to normal-
For each subject, the signals were inspected using a sigze the original wavelets. We adopted the first alternative as
nal visualization program, and a stable segmene which  being computationally simpler, and because the alignment is
showed the smallest level of amplitude and pattern variabildone directly on the signals whose irregularity is analyzed.
ity through all cycles, as assessed by visual inspectias  The effects of different methods of alignment is a topic that
identified, from which 20 consecutive wavelets were ex-requires further study.
tracted from all the three signals. That is, we extracted 3
simultaneous set&coustics, EGG, and airflgvaf 20 wave- B. Results
lets each. The wavelet boundaries were determined on the
EGG using the method of zero crossings with low-pass fil-  Figure 10 shows all normalized wavelets for subject A.
tering (Titze and Liang, 1998 Nonlinear normalization was The computed indices for all wavelets are listed in Table II.
next applied using weighte=0.001, 0.01, and 0.01, for the In all casegexcept the airflow HNR for subject)Athe HNR

A. Signals
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2000 - - - ‘ lower values of INW on the EGG suggest that a large phase
variability is introduced into the voice above the level of the

1000 . L
§ larynx. This phase variability is produced as a consequence
£ 0 of the vocal tract filtering of the voice source, since different
g harmonies of the glottal signal are filtered at different gain

and timeshift, according to their frequency.

: : : : The HNR values with Dynamic Programming are in
0 0.2 Nodfmanzed t?r'ge 0.8 1 general a bit lower than values with FDA, except in the case
1000 ; ; : . of the airflow for subject A. In the case of EGG for subject
A, the HNR results using Dynamic Programming are lower
than the value computed with linear normalization. The re-
sultant waveforms show a similar degree of distortion to the
example with synthetic signals shown in Fig. 5, which also
leads us to question the validity of the HNR measures for the
. . , Dynamic Programming normalization. Recall that the objec-
0 0.2 04 06 0.8 1 tive of nonlinear normalization with FDA is to obtain an
N?rmal'zed time HNR value that is close to the SNRs defined in Eq(17)]

by aligning the wavelets while keeping their general shape.
FDA preserves the wavelets’ shapes by introducing a rough-
ness penalty constraint in the algoritjsecond integral in
Eqg. (5)]. Dynamic Programming, on the other hand, mini-
mizes the square error measfiiest integral in Eq(5)] only.
Since this measure appears in the denominator of the HNR’s

Amplitude

Amplitude

0 0.2 0.4 ‘ Qfs 0.8 1 definition [Eq. (9)], we may then state that Dynamic Pro-
Normalized time gramming uses the maximization of the HNR as the criterion
FIG. 10. Normalized acoustittop), EGG (middle), and airflow (bottory 10 alignment(see also Qi, 199_2 However, a higher vglue
wavelets for subject A. of the HNR does not necessarily mean that the value is more

accurate. Higher values of the HNR may also be produced by

values are the highest for nonlinear normalization using=DA nonlinear normalization, if lower values of the rough-
FDA, since all phase and frequency variability have beemess penalty coefficiet are adopted, at the cost of distort-
removed by the normalization. We note that the acoustic#1g the wavelets’ shapes.
and oral airflow have similar values of the HNR after non-
linear normalization with FDA, even when the values of
HNR using zero padding are a bit different, as in the case oE Simultaneous normalization
subject B. They also require similar amounts of time warp-—"
ing. A possible interpretation for these results might be that, In the previous results, each set of wavel@soustics,
since the airflow and acoustics are signals produced at theGG, and airfloy was normalized separately. As a result,
same leveloral outpu}, then one might expect similar indi- the normalized wavelets are no longer synchronized in nor-
ces of amplitude and phase irregularity in both of them. Themalized time. To keep their synchrony in normalized time,
difference between the acoustic and airflow indices prior taone must perform a simultaneous normalization.
nonlinear normalization would then be an artifact produced  For this, we used vector-valued wavelets, as explained
by phase shifts between wavelets. in Sec. Il B. Each wavelet was considered three-dimensional,

We note also that, in both subjects, the EGG signalsvhere the three dimensions correspond to the acoustic, EGG,
have the highest HNR, and require the least warping. Thand airflow components. The simultaneous normalization

TABLE Il. Computed HNR values for recorded voice signals in normal speakers. ZP: zero-padded HNR; LN:
linearly normalized HNR; DP: nonlinearly normalized HNR using Dynamic Programming; FDA: nonlinearly
normalized HNR using FDA; INW: index of nonlinear warping.

Signal ZP(dB) LN (dB) DP (dB) FDA (dB) INW
Subject A, female, age 3F,,=148.5 Hz? Jitte=1.1 HZ
Acoustics 6.7 7.5 10.8 15.9 0.0063
EGG 21.3 27.2 26.8 30.9 0.0030
Airflow 10.6 10.8 134 124 0.0062
Subject B, male, age 2&,,=109.8 Hz? Jitter=0.9 HZ
Acoustics -1.7 —-0.6 9.2 13.7 0.015
EGG 19.6 24.3 27.1 28.6 0.0054
Airflow 8.6 9.1 15.7 15.9 0.017
aMean of 1T, i=1,...,20, where€T; are the wavelet lengths.

bStandard deviation of T/ .
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TABLE Ill. Characteristics of signals from Kay Elemetrics Voice Disorders Dataliéag Elemetrics, 1994

Speaker Filename Age Sex Diagnosis Characteristics aJitter Shimmef NHR? DSHP
SLM SLM27AN.NSP 20 M hyperfunction; anterior— moderate shimmer 2.525 14.26 0.233 0
posterior squeezing and
ventricular squeezing: head
trauma; unilateral paralysis;
7 days post-intubation
TPS TPS1GAN.NSP 39 M unilateral paralysis moderate shimmer 2.241 14.941 0.25 0
JJD JID29AN.NSP 23 M gastric reflux; bilateral moderate jitter, 5.528 12.253 0.411 18.75
pachydermia and edema,; shimmer, subhar
unilateral suleus vocalis monic components
VMS VMSO04AN.NSP 27 F hyperfunction; ventricular ~ moderate jitter, 6.354 15.04 0.495 26.316

compression; bilateral
laryngeal web; post-laser

shimmer, subhar
monic components

removal of subglottic web;
scarring

a/alues from the Kay Multidimensional Voice Program.
PDegree of subharmonics: estimated relative evaluation of subharmohicctimponents in the voice sample.

was performed using the same weights for each componeme¢nsity levels. The signals were recorded in a soundproof
as in the separate normalization. booth, using a condenser microphone and a DAT-recorder
With simultaneous normalization, the acoustic, EGG,set to a sampling rate of 44.1 kHz. From the DAT-tape the
and airflow HNRs for subject A become 11.8 dB, 30.3 dB,recordings were converted into an analog signal and digi-
and 11.6 dB, respectively, and INW is 0.0039. For subject Btized into a computer at a sampling rate of 25 kHz, with
the HNRs are 6.9 dB, 25.9 dB, 11.1 dB, and INW is 0.0087.12-kHz anti-aliasing filtering, and 16-bit resolution.
Comparison with Table Il shows that the HNR values are ~ We selected two signals with high amplitude irregularity
now lower than those for independent normalization, espebut relatively low frequency irregularitysubjects SLM and
cially for the acoustic wavelets. The lower values of HNRTPS and two with high values of jitter and high subhar-
result because the EGG requires a much smaller nonlineanonic content(subjects JJD and VMS Table Il provides
warping than the other two setf the EGG required the information on the speakers and the main characteristics of
same amount of warping, both in magnitude and time distritheir voice signals. The signals were inspected as before us-
bution, as the other two signals, then the results would béng a signal visualization program, and a stable segment was
similar to the separate normalizatjoiThe resultant warping identified, from which 20 consecutive wavelets were ex-
is then a compromise for the three sets. The differences itracted. The wavelet boundaries were determined by identi-
the results obtained using simultaneous and separate norm&ing an easily recognizable event in the signals. We selected
ization confirm the conclusion obtained from separate northe negative zero crossing immediately before the main
malization, i.e., that a large phase variability is introducednegative peak in subjects SLM, TPS, and VMS, and the posi-
above the larynx. tive zero crossing immediately before the main positive peak
When only the acoustic and airflow wavelets are simul-in JJD. Other techniques for wavelet extraction were also
taneously normalized, their HNRs for subject A are 15.8 dBapplied, as discussed in the next section. Nonlinear normal-
and 12.1 dB, respectively, with an INW of 0.0061. For sub-ization was applied using a weight=10"° andA=0.1.
ject B we obtain 11.4 dB, 15.7 dB, with an INW of 0.0016.
All of these HNR values are now close to those in Table II.
This fact shows that the irregularity of the acoustic and air-B- Results
flow wavelets is not only similatbecause in Table Il the The computed indices for all signals are listed in Table
HNR and INW values of the acoustic and airflow signals arqy. |n general, the FDA nonlinear normalization algorithm
similan), but it is also equally distributed in time for both sets gchieved a good alignment of all signals, in spite of their
(because separate and simultaneous normalization produggyh degree of irregularitysee results for subject SLM in
similar results. Fig. 1) We note that Dynamic Programming produces
higher values of HNR than FDA in all cases. One could
interpret this result as an indication of better alignment of the
wavelets, but a closer look at the resultant waveforms shows
a large distortionsee Fig. 12 In this figure, the distortion
can be seen at the first positive and negative peaks, and in the
Finally, we tested the algorithms with voice signals fromflat portion near the end of the wavelet. Looking at the phase
the Voice Disorders Database of the Voice and Speech Labahift functions, we see that Dynamic Programming tends to
ratory of the Massachusetts Eye and Ear Infirm@sy EI-  align the wavelet in its finer details, without constraints for
emetrics, 1994 The recording procedure used in the data-smoothness, whereas FDA tends to align its general shape
base was as follows: each subject was asked to producedwath a smooth phase shift functigthe degree of smoothness
sustaineda/ at comfortable fundamental frequency and in-of the phase shift function can be manipulated by varying

V. EXAMPLES WITH PATHOLOGICAL VOICE
SIGNALS

A. Signals
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TABLE IV. Computed HNR values for voice signals from the Voice Disorders Database of the Voice and
Speech Laboratory, Massachusetts Eye and Ear Infirfikay Elemetrics, 1994 Wavelet boundaries at zero
crossing before main positive or negative peak. ZP: zero-padded HNR; LN: linearly normalized HNR; DP:
nonlinearly normalized HNR using Dynamic Programming; FDA: nonlinearly normalized HNR using FDA;
INW: index of nonlinear warping.

Subject  Fo(Hz)®  Jitter(H2® ZP(B) LN (dB) DP(dB) FDA (dB) INW

SLM 80.4 2.3 9.1 8.6 13.5 10.6 0.0072

TPS 1125 1.3 14.8 14.0 19.7 16.5 0.0041

JJD 135.4 5.2 2.7 2.9 7.6 4.7 0.0084

VMS 294.0 8.4 2.1 2.9 7.3 4.4 0.0135
®Mean of 1T;, i=1,...,20, whereT; are the wavelet lengths.

bStandard deviation of T/ .

coefficient\ in Eq. (5)]. Thus we believe that the higher Figure 13 shows results for VMS. On the other hand, at the
HNR values of Dynamic Programming are an artifact of thelower frequency value$i.e., 68.2 Hz and 59.5 Hz for JJD
distortion and they do not reflect the actual wavelet irreguand VMS, respectively the extracted wavelets presented
larity. complex waveform patterns with several peaks and valleys,
Signals of subjects JJD and VMS presented some diffiand the nonlinear normalization algorithm failed to extract a
culty due to their content of subharmonies. The frequencyood average. This difficulty might be worst in cases of pho-
spectrum of JJDcomputed on the raw signal prior to wave- nation at two or more incommensurate frequenceeg., bi-
let extraction revealed a main peak at 136.4 Hz, with a low phonation since there is not a consistent waveform pattern
frequency component at 68.2 Hgeriod-2 phonation; Titze, repeating at regular intervals, and even identifying the wave-
1994h. VMS had a main peak at 293.7 Hz, with a lowestlet boundaries would not be trivial. For these cases, voice
frequency component at 59.5 Hgeriod-5 phonation; Titze, irregularity may be better evaluated using other techniques,
1994h. The FDA time normalization performed well when such as those developed by Heratlal. (1994 applying
the wavelets were extracted at the higher frequency values
(i.e., 136.4 Hz and 293.7 Hz for JJD and VMS, respectively
The indices reported in Table IV correspond to this case.
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0.1 0.15 0.2 0.25 0.3 FIG. 12. Comparison of nonlinear normalization results using FDA and
Normalized time Dynamic Programming for subject SLM. Top: linearly normalized wavelet
(dashed ling and normalized wavelet using FD&olid line). Middle: lin-
FIG. 11. Original signaltop), extracted unnormalized wavelegtsiddle), early normalized wavelgidashed ling and normalized wavelet using Dy-

and normalized wavelets using FD@ottonm) for subject SLM. Only a  namic Programmingsolid line). Bottom: phase shift functions produced by
portion of the wavelets is shown, for better visualization of the alignment. FDA (smooth curvgand Dynamic Programmingliscontinuous curvye
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x 10* for signals SLM and TPS, and much lower values of HNR
for JJD and VMS. In all cases also the variation for both
‘ methods of nonlinearly normalized HNR was smaller than
i i L for the zero-padded and linearly normalized HNR. These re-
| sults show that nonlinear normalization is in general less
sensitive to the wavelet extraction technique applied in that
differences in extraction method yield less HNR variation for
s . . nonlinear normalization than for zero-padding or linear nor-
o 20 - 40 60 80 malization. The choice of a wavelet extraction technique
%10 ime (ms) .\ . . . .
seems to be more critical when dealing with highly irregular
signals. However, we believe that this is an issue that needs
further consideration. For example, it might be possible to
combine a waveform matching method of wavelet extraction
(which is based on comparing shapes of adjacent cycles
with a wavelet time normalization to improve the selection
of the optimal wavelet boundaries. Also, the method used
here fixes both ends of wavelets and does not allow any
phase shift there. It might be possible to remove the con-
straints on alignment at the wavelet ends by including addi-
tional signal samples before and after the extracted cycles. In
this way, errors in detecting the exact cycle boundaries
would have less effect on the results.

Amplitude
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N

Amplitude
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VI. CONCLUSIONS

Normalized time

FIG. 13. Original signaltop), extracted unnormalized waveletiddle), We have presented an application of FDA to the time
and normalized waveletdottom for subject VMS(wavelet extraction at  normalization of voice signals and assessment of signal ir-
293.7 Ha. regularity, which offers certain possible advantages over pre-

vious approaches. FDA normalizes the signals while preserv-

nonlinear dynamic theorybifurcation modelsf, and am- ing meaningful features of their shapes. Although
plitude contours, phase portraits, next amplitude and nextormalization is done by removing phase differences from
period maps the signals, those differences are kept as separate measures in

The difficulty encountered with the pathological voicesthe warping functions. The underlying pattern and irregular-
led us to experiment with different techniques to extract thaty of the signals may then be extracted as separate functions,
wavelets from the signals. As an example, Table V showsnd the irregularity may be evaluated in terms of irregularity
results for negative peak-picking on SLM, TPS, and VMS;in the waveform(as measured by the HNRand in phasé¢as
and positive peak-picking for JJD. Comparing these valuesneasured by the index of nonlinear warpingVe believe
with those in Table IV, there is a mean variation of 2.65 dB,that the two indices permit a better assessment of the signal
0.48 dB, 0.35 dB, and 0.15 dB for the zero-padded HNRjrregularity than a single general index combining phase and
linearly normalized HNR, nonlinearly normalized HNR us- waveform irregularity(as the HNR with zero-padding or lin-
ing Dynamic Programming, and nonlinearly normalizedear normalization Two sets of wavelets with different
HNR using FDA. Wavelet extraction at negative zero crossshapes may have the same waveform and phase irregularity,
ings of a low-pass filtered signal, and using waveformbut produce very different values of HNR with zero-padding
matching (Titze and Liang, 1998produced similar results or linear normalizatiorias in the examples with the recorded

TABLE V. Computed HNR values for voice signals from the Voice Disorders Database of the Voice and
Speech Laboratory, Massachusetts Eye and Ear Infirfiay Elemetrics, 1994 Wavelet boundaries at main
positive or negative peak. ZP: zero-padded HNR; LN: linearly normalized HNR; DP: nonlinearly normalized
HNR using Dynamic Programming; FDA: nonlinearly normalized HNR using FDA; INW: index of nonlinear

warping.

Subject Fo(Hz)®  lJitter(Hz® ZP(B) LN (dB) DP(dB) FDA (dB) INW
SLM 81.3 2.0 5.3 9.1 13.7 10.9 0.0055
TPS 112.4 1.2 8.9 14.9 19.5 16.4 0.0033
JJD 135.3 3.4 2.0 2.8 7.4 4.7 0.0096
VMS 293.2 9.2 1.9 3.3 8.1 4.2 0.0090

aMean of 1T, i=1,...,20, where€T; are the wavelet lengths.

bStandard deviation of T/ .
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airflow and acoustic signalsThe similarities in their irregu- erator is fitted to the wavelets and irregularity is assessed on
larity would only be revealed after separating them intoa resultant empirical forcing functiofsee details in Ramsay
waveform and phase irregularity. and Silverman, 1997

The possibility of partitioning signal variability into An additional advantage of FDA over Dynamic Pro-
phasing and waveform components also holds promise fagramming is that FDA does not require selecting one of the
research into the nature and significance of variability inwavelets as a template for the alignment. Further, it allows
speech production. In particular, we plan to extend thisfor considerable flexibility in selecting the alignment criteria,
method to study of children’s speech. Increased variability inwith roughness penalty terms, derivatives, and weighting
children’s speech relative to adults has frequently been fountlinctions, and one may process simultaneous sets of signals.
(e.g., Chermak and Schneiderman, 1986; Eguchi and Hirsigimultaneous normalization of signals may be useful for
1969; Kent and Forner, 1980; Ohde, 1985; Sharkey andnalyzing sets of signals in which one signal is considered to
Folkins, 1985; Smith, 1994, 1995; Smi#t al, 1983; Tin- result from variation in other recorded signals. This is the
gley and Allen, 1975; Watkin and Fromm, 1984ut the case, for example, with intraoral pressure signals, which vary
significance and nature of adult—child differences remairaes a function of both glottal area and supraglottal articulation
matters of debatdsee, e.g., Chermak and Schneiderman(e.g., Koeniget al, 1995; Miuler and Brown, 1980 Al-
1986; Sharkey and Folkins, 1985; Smith, 1994; Stathopouthough the warping functions represent a compromise among
los, 1995. More detailed information about how variability the various signals, it is possible to vary the influence of
is distributed within child and adult data may provide greatervarious signals so as to achieve an optimal normalization for
insight into the processes by which speech production skilthe particular application.
develops. However, several technical details of the FDA algorithm

As shown with synthetic signals, the waveform irregu-remain to be further considered, such as how best to select
larity measured by nonlinear normalization is less sensitivehe weighting functions and roughness penalty coefficient,
to jitter, and to errors introduced by sampling frequency dis-based on the characteristics of the signals. It might also be
cretization than zero-padding or linear normalization techpossible to achieve a better alignment of wavelets by using a
niques. The results from recorded signals show that the irweighted combination of the wavelets and their derivatives
regularity measure is also less sensitive to the wavelen the squared error integral in E¢p) (Wang and Gasser,
extraction technique used. 1997, but further study is needed on determining the most

We have also shown the limitations of nonlinear normal-appropriate methods for selecting alignment criteria.
ization using Dynamic Programming. The algorithm tested  In this paper we have used the HNR of the normalized
(Qi, 1992 produced significant distortion in the wavelets, assignals as one criterion for selecting among various methods.
a consequence of nonsmooth warping functions. Some tecl: noted above, however, obtaining a higher HNR does not
nigues have been proposed in the literature to reduce wavelatways necessarily mean that a method is superior. For ex-
distortion (e.g., Parsons, 1987; Strik and Boves, 198§  ample, in the examples with pathological voice signals, time
constraining excessive expansion or contraction of the timaormalization by Dynamic Programming produced higher
scale. However, the resulteavelets, warping functions, av- values of HNR, but at the expense of a large distortion of the
erages are in general nonsmootfi.e., nondifferentiable ~ wavelets. We do claim that nonlinear normalization using
Differentiability may be a desirable property, for further pro- FDA produces a good prediction of the signal SNRfined
cessing of the results. One may differentiate the warpings in Eq. (17)], typically higher than the other methods
functions(which represent phase differences between wavetested, while preserving the shape and smoothness of the
lets) to analyze instantaneous frequency irregularity. For votesultant wavelets.
cal fold oscillation, instantaneous frequency is mainly related  In our analyses, we attributed an artificial length of 1 to
to tissue stiffnessTitze, 19943, so that frequency irregular- the normalized wavelet time scale. This is a common tech-
ity (e.g., in the EGG signalsnay reveal aspects of the tissue nique in FDA, since one is usually interested in analyzing
biomechanies and voice motor control. The ability to differ- shape characteristics of wavelets. However, it is also possible
entiate a signal one or two times also has great potentidb interpret the results in absolute time, e.g., by attributing
applications in work on speech kinematics and aerodynanthe mean length of the original wavelets to the normalized
ics. Zero crossings in the first time derivative of a signal maytime length.
be used as a means of determining the timing of articulatory = The technique is based on the assumption that there is a
or aerodynamic eventge.g., Gracco and lfqvist, 1994, common pattern to all the wavelets. For regular voices, this
Koenig, in press; Kolliaet al, 1995; Ldqvist and Gracco, assumption is reasonable, and amounts simply to claiming
1997, 1999. The second time derivative has similarly beenthat the laryngeal signal represents the output of a pattern of
used to define articulatery events; for example, Kodimg vocal fold vibration that is essentially periodic, albeit with
press used the second time derivative in an oral airflow sig-some minor irregularity due to jitter and shimmer, among
nal to define release and closure for oral stop consonants, awther things. The oral signals then represent the periodic la-
Lofqvist and Graccd1997) used the second time derivative ryngeal signal combined with the vocal tract transfer func-
of a lip opening measure to define the onset of labial closingion. Highly disordered voices, on the other hand, present a
for a stop consonant. Other potentially interesting FDA techdifficulty for FDA in that the laryngeal signal may not have
nigues also require differentiability of wavelets, such as prin-a consistent pattern repeating at periodic intervals. Cases of
cipal differential analysis, in which a linear differential op- signals with subharmonics may still be handled reasonably
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Frication noise modulated by voicing, as revealed
by pitch-scaled decomposition

Philip J. B. Jackson® and Christine H. Shadle®
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A decomposition algorithm that uses a pitch-scaled harmonic filter was evaluated using synthetic
signals and applied to mixed-source speech, spoken by three subjects, to separate the voiced and
unvoiced parts. Pulsing of the noise component was observed in voiced frication, which was
analyzed by complex demodulation of the signal envelope. The timing of the pulsation, represented
by the phase of the anharmonic modulation coefficient, showed a step change during a
vowel-fricative transition corresponding to the change in location of the noise source within the
vocal tract. Analysis of fricativesp/ v, 0, z, 3, y, 9/ demonstrated a relationship between
steady-state phase and place, dpdjlides confirmed that the main cause was a place-dependent
delay. © 2000 Acoustical Society of Amerid&0001-4966800)00410-7

PACS numbers: 43.70.Bk, 43.72.pAL ]

I. INTRODUCTION cluded the dc component, to give the press(reltage
. . o ) sourceP, in series with a variable source resistariRg.

The production of voiced fricatives involves two pre- sondhj and Schroetét987 employed a similar model for a
dominant sources of sound exciting the vocal-tract resC.’Fractical implementation of an aspiration source at the glot-
nances: the phonat'lon source, produced by vocal-fold osci is, gated by a threshold Reynolds number; for frication they
lation, and the noise source, p.roduced. downstream pf Blaced a volume velocity sourd®, /R, one sectior(0.5 cm
supraglottal cons_trl_ctlon. Thus if we Wls_,h to determ'nedownstream of the constriction exir at the lips for /f, v,0,
source characteristics from the speech signal, the analysi) pecause of poor subjective results with pressure sources.
problem is more complicated than for single-source speech Scully (1990; Scullyet al, 1992 based her source gen-
sounds and, as some authors have noted, the two sources @i&i,n on Stevens1971) result from static experiments: the
not entirely independent. In particular, the voicing Sourcestrength of the pressure sourpgxAP32, whereAP is the
appears to modulate the noise soufeant, 1960; Flanagan, pressure across the constriction. This source, depending on

1972. Othgrs have found _that modglatlng thg aSp'rat'onslowly varying articulatory and aerodynamic parameters,
source during a vowel-to-voiced fricative transition leads to,

. . ) “was applied equally to aspiration and frication sources. Since
better quality synthes@(latt anq Klatt, .1990’ scully, 1.9 90’. AP across the supraglottal constriction is lower for voiced
Scully et al, 1992. While such interaction of sources inevi-

. : than voiceless fricatives, this equation partially accounts for
tably complicates the model used for synthesis, and th o
. . e weaker frication source. These parameters do not encode
analysis problem, it may also be the key to a more accurate

. Co ny modulation, or allow for the flow separation lag in jet
model of the production mechanism itself. Closer study Oformation(PeIorsoret al, 1997, However, motivated by the

the source interaction could lead directly to better quality o
. . S . results of perceptual tests, the aspiration source was modu-
synthesis of voiced fricatives and, potentially, of otherIate d using the rapidly varving dlottal area. Klatt. treatin
mixed-source signals, such as breathy vowels. d using pidly varying g ) ' ng
aspiration and frication identically, modulated the noise

In simple models of voiced fricatives, the voicing and th \&0% burst durationthat
frication sources are inserted into the system and the outpt?tource with a square wa o burst durationthat was

is formed from the sum of their individual contributions: switched on during voicing, remgrking that it i,s “not neces-
voicing as a volume velocity source at the glottis; frication as>ay to vary the degree of amplitude modulation..., but only

a pressure source at the supraglottal constriction. Althoug ensure that it is present(Klatt, 1980. In ananaIyS|s—by-
Fant(1960 noted that source—source interaction occurred aSyNthesis procedure, Narayanan and Awagog used a
“periodic and synchronous” modulation of the frication comPpination of pressure(dipole) and volume-velocity
source by phonation, Flanagan’s electrical analog model wanenopole sources to match measured fricative spectra, and
one of the first to incorporate modulation of the fricative cONcluded that the monopoles should be placed at the con-
source amplitudéFlanagan and Cherry, 196Band-passed §tr|ct|on exit and the dipoles at one or more obstacles: at the
Gaussian nois€).5—4 kH2 was multiplied by the square of lips for /f, v, 6, 0/, at the teeth for /s, z/ and at the teeth and

the volume velocity at the constriction exit,, which in-  vocal-tract wall for §, 3/. _ _
None of the above models considers any nonacoustic
) fluid motion, yet in a flow duct experimentCoker et al,
Present address: School of Electronics and Electrical Engineering, Univer. ; ; ; ; _
sity of Birmingham, Birmingham B15 2TT, United Kingdom. Electronic _1996’ the arrival time of a pulse of radlatgd noise, depend
mail: p.jackson@bham.ac.uk ing strongly on the constriction-obstacle distance, suggested

PElectronic mail: chs@ecs.soton.ac.uk a convection velocity of less than half the flow velocity at the
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jet exit (8 m/9. In his recent Ph.D. thesis, Sindér999
presents a model for fricative production that is based on
aeroacoustic theory. Once the necessary flow-separation corog%i:::
ditions have been met, vortices are shed, which convec

s(n) ____s(n)l___ 8,(k Vik b
AN\ DFTH HFI[ IDFTHWﬁW w

window Harmonic
estimate

along the tract, generating sound as they go, particularly IDFT ] T ihy(n)
when encountering an obstacle. Therefore, we want to con window ;:;?;::nic
sider both acoustic and aerodynamic mechanisms. P oo O (kpereren

We have previously described an algorithm, the pitch- L.y | Pl =i DFT

scaled harmonic filte(PSHF, that decomposes speech into
harmonic and anharmonic signaldackson and Shadle,
1998, which are estimates of the voiced and unvoiced com-

Power reconstruction

IDFTH ()

window|  Apharmonic

ponents, respectively. The PSHF was developed from a mee v Vik) power signai
sure of harmonics-to-noise ratipiNR; Mutaet al, 1988 to I UL
l 122 IDFT window | Harmonic

provide full reconstruction of harmoniwoiced and anhar-
monic (unvoiced time series, on which subsequent analyses
can be performed independently. This method is especiallfiG. 1. Flow diagram of the pitch-scaled harmonic filBSHP algorithm.
suited to acoustic analysis of sustained sounds with regu|§ee text for explanation of the harmonic filtGdF), power interpolation,
voicing (i.e., low values of jitter and shimmerbecause of 2" facton.

the underlying harmonic model of the voiced part, which is
based on optimalmaximum likelihood estimation. Other

power signal

posed primarily into the harmonic and anharmonic estimates,
than the choice of the number of pitch periogghich is ~ ©(n) and(n), respectively. Further harmonic and anhar-
typical for adaptive filtering techniquesthe PSHF is with- Monic estimates;(n) andT(n), are computed based on a
out any arbitrary features for heuristic adjustments, such aBOWer interpolatior(Pl) of the anharmonic spectrum, which
cutoff frequency(Larocheet al, 1993 and number of cep- MProves the spectral com'posmon of the signals when con-
stral coefficients(Qi and Hillman, 1997; Yegnanarayana Sidering features over a time-frame longer than two pitch
et al, 1998, and does not suffer the bias, harmonic interfer-P€riods. Figure 1 describes the PSHF algorithm, which takes
ence and variable performance problems of asynchronou four-pitch period windowed section of the sigrsy(n),
harmonic techniquegHardwick et al, 1993; Larocheet al,  transforms itintdS,(k) by discrete Fourier transfordFT),
1993; Qi and Hillman, 1997; Serra and Smith, 1990; Silva2Nd decomposes it in the frequency domain by a harmonic
and Almeida, 1990: Yegnanarayaesal, 1998. filter (HF)." The outeut S|gnalsi are then constructed by trans-
In this paper, we employ the PSHF to study the interacforming the spectra/(k) and U(k) back into the time do-
tion between sources in voiced fricatives, to arrive at bettemain (by inverse DFT or IDFT and windowing.
source models, and to obtain clues to the production mecha- Figure 2 illustrates the operation of the harmonic filter
nism that governs the interaction. Section Il describes th&ising a mid-vowel recording dfa] by an adult malegfrom
PSHF method and tests of it using synthetic signals. Sectiofxample #1 by PJ; see Sec. Il for detpil#t shows the
1l describes the recording method, subjects, and corpus, arfiginal spectrumS, (k) after windowing, the spectrum of
presents preliminary results of the decomposition. Section I\the harmonic estimaté,,(k), and the remainded,,(k), the
presents further analysis by considering the modulation o&nharmonic spectrum. The essence of this technique is that,
the aperiodic component in voiced fricatives, for which re-by scaling the window size to exactly four-pitch peridds
sults are given in Sec. V. These results are discussed in light
of possible aeroacoustic mechanisms in Sec. VI and Sec. VI" ¢ T T T
gives conclusions. RATAIATRIRTA SANPEA

)
E 20+ ~
P EUUUOUNUUD SUPRPUOON SOORUUIN. SODVIOIILS SURATRUR SIS S| M IR VAN
II. DECOMPOSITION METHOD 20 i ; : : ; ; ;
05 1 15 2 25 3 35 4
A. Pitch-scaled harmonic filter Frequency (kHz)

60 T T T T T T T
The pitch-scaled harmonic filtéPSHB was designed to . aol [l T AT A xopereeremiemomom oo

separate harmonic and anharmonic componan(s) and 1 A N
u(n), of a recorded speech sigrefh). It assumes that these A AL mmmmm . ﬂmm mrmﬂm
components will be representative of the acoustic conse: 20l L : L - L] : = /
guences of the voiced and unvoiced sound sources, respe: ' " Frequency (kHz) '
tively, i.e., the vocal-tract filtered excitations. A detailed de- T T T ' ; T '
SCI‘iption Of the PSHF, inClUding p|tCh estimation, %\ 40k - . O . e
windowing sequence, and algorithm, can be found elsewherté 20t ; ; MM N 1
(Muta et al, 1998; Jackson and Shadle, 2000; Jackson,™ °r{{t {1 HHHMHHHH HHHM”MHHN
2000. Here we present a schematic summary of the centra -2, o5 ” " 2 25 3 35 4
Frequency (kHz)

process, illustrating it with some spectra, followed by a de-

scription of tests using ;ynthetic speechlike signals. FIG. 2. Spectra oftop) windowed speech signal,(k), (middle) the har-
In the PSHF, the original speech sigrsgh) is decom-  monic estimatey, (k), and (bottom) the anharmonic estimata, (k).
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=4T,, the voiced(quasi-periodit part is concentrated into TABLE I. PSHF performance versus HNR for synthetic signals with con-
every fourth bin of the spectrum. The pitch estimation pro-Stant and modulated noisg £ m); results aren, (»,) in dB.

cess finds the value df, that optimizes the concentration. g Constant Modulated

Thus a harmonic comb filter that passes these harmonic bins

(and Adoubles thejryields an estimate of the voiced compo- 20 dB 72%)62 25_3)) ;?2 55_6))
nentV(k) which, after applying an IDFT, results in a peri- 1048 151 (5.2 154 (5.5
odic signal of lengtiN=4T,. Finally, the envelope of the 5dB 101 (5.2 102 (5.9
estimated,(n) is matched to that of the input signg)(n) 0dB 49 (5D 50 (5.2
by applying the same window function. The spectral conse- —° 98 —00 GBI -0 @42
guences can be seen in Fig. 2, which shows how, for each

harmonic, the Fourier coefficienfmiddle) maintains the

same value as that of the original spectr(tmp), but has G(d*h)

spread to the adjacent birfat —6 dB). The residue is the U= 5 of 3)
anharmonic componeft,(n), whose spectrunfFig. 2, bot- G(d*h) \ﬁ 1+co{ 0 +

tom) accordingly contains gaps at the harmonics. For a peri- 3 fs

odic signal in Gaussian white noise, the harmonic Fouriefrhe modulation was set at phage= {0,7/4,...,77/4} in re-
coefficients provide the optimamaximum likelihood esti-  |ation to the glottal excitation; the factor af2/3 equalized
mate of the signalRife and Boorstyn, 1974; Bretthorst, the noise to give the same mean signal power. The Gain
1988 and the residue is thus the best estimate of the noisgyag adjusted to give harmonics-to-noise ratipg\Rs) at
However, if one is interested in the anharmonic power specyne of six specified levelss, 20, 10, 5, 0, or-5 dB?
trum, particularly at a fine frequency resolutiors{o/2), Using the specified pitch as an initial estimate, the local
intuitively one would consider filling the gaps by some form minimum in the pitch-estimating cost function was found at
of interpolation, assuming that the noise is the result of & geries of points throughout each test signal. For high
stochastic process with a smoothly varying frequency reyNRs, the estimated period was identical to the ffigebut,
sponse. So, the PI stage computes the mean power of thg the noise level was increased, so did the deviation of the
bins either side of each harmorii¢k). Then, by comparing  estimates. These values were given as the pitch input to the
L(k) with the original coefficients,(k), the factor\(k) is  pSHF, which then processed each signal in the usual way:
used to share the power from the~harmonic~bins between thﬁcrementing the analysis frame, decomposing the signal,
harmonic and anharmonic specth&(k) and U(k), giving  and accumulating the outputsThus using the PSHF signal
new power-based estimatég(n) andt,(n), respectively. estimate$ andi, the changes in signal-to-error rat®ER),
An entire section of voiced speech can be processed by slidy, and »,, were calculated as a measure of performance of
ing the window along, and by overlapping and adding thethe decomposition algorithm. For the harmonic component,
outputsv,,, 0y, 7y, andt,, to obtain complete signals G,  the change in SER, is defined as the ratio of the initial
7, andu. noise to the residual error; conversely, the anharmonic per-
formancen, is the ratio of the deterministic part to the error.

_ ) Both are expressed in decibels:
B. Synthetic test signals

, , , <<v2>/<ez>) (<u2>)
To use the PSHF for studying modulation of noise 17,=101000| 777 | =1010G1| 71 |, (4
sources in detail, we need to ascertain the performance of the {05/ (u?) (e
PSHF for such signals. Twelve speechlike test sigeéig (v?)
were composed of a deterministic patin) and a noise part 7,=10 |0910( <_e7>) (5)
u(n):
s(M=v(n)+u(n), 0 where the residual error s= (0 —v) (G—u). Although

these two expressions are clearly related by the HNR
at sampling raté.= 48 kHz. The deterministic part was syn- (i.e., n,=on=+ 7,), it is useful to describe the performance
thesized by convolving a pulse trag(n), which was peri- of both components separately.
odic atfy,=120.0 Hz, with an appropriate impulse-response  Table | lists the harmoni¢in parenthesgsand anhar-
filter h: monic performance over the range of specified noise condi-
tions. Except for the anharmonic performance at-tfedB
v=g*h, @) condition, all the performance values are positive, which im-
wherex denotes convolution. The filtérwas built using the plies that the quality of the separated component is better
linear prediction coefficientdPC, autocorrelation, 50-pole than the input signal, i.e., the remaining errors are always
obtained from the same adult male mid-voWe] recording smaller than the original corruption from the interfering
used in Fig. 2(#1 by PJ. The noise signal was similarly source. The anharmonic performance is strongly correlated
created by convolving Gaussian white noidén) (zero  with HNR, and is approximately 5 dB greater than the initial
mean, unit variangewith the LPC filter. However, the noise HNR, so that any residual errors in the extracted anharmonic
was combined in two ways: with constant-variance noisesignal are about half as large as the true noise component.
and with its amplitude modulated at the fundamental fre-Meanwhile, the harmonic component is cleaned up to a simi-
quency,fq: lar degree by the PSHF, which reduces the errors to about
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FIG. 4. Time series, from #1 by subject PJ(tfp) the original singak(n),
(middle) the harmonic componeni(n), and (bottom, double amplitude
scalé the anharmonic componea(n).

Signal amplitude (unit)

1SN SRS P vowels(viz., pressed, breathy, and whispetethe sustained

: fricatives were placed in a vowel context /VF:/ and sustained
; : ; : : : ; , for 5 s. The fricatives F:, given here in unvoiced—voiced

0 10 'I?I(:ne (rgg) 40 50 0 10 T2'<r7ne (nfg) 40 50 pairs, were: ®, 3/ (bilabial), /f, v/ (labiodental, /6, 8/ (den-

tal), /s, z/(alveolay, /f, 3/ (palatoalveolar, /x, y/ (velan, /h,
FIG. 3. Time series of the synthetic signgin) with its constituent har- ¢/ (pharyngeal None of the subjects was a trained phoneti-
monic and anharmonic parts(n) and u(n), the PSHF signal estimates cian, and none has all of the fricatives natively; the record-
o(n) andd(n), and the errore(n), at HNR=10 dB for (left) constant- = jhg5 nevertheless exhibit a range of place variation. The

variance noise, antight) modulated noise wittB=m. They are arranged, /oaEal d ted t . ¢ tok
from top to bottom, as, v, v, u, U, ande (anharmonic and error signals are parFa/ nonsense words were repeated 10 give ten tokens

double amplitude scale using a single breath.
The sound pressurg & m was measured in a sound-

half of their original amplitude, on average. Note that thetr(_:“’:lt(_a(_:I foom using a microphqr@B&K 4165/4133, a pre-
g1pl|f|er(B&K 2639), and amplifieB&K 2636, 22 Hz—22

results of the constant-variance and modulated noise casg ) .
Hz band-pass, linear filter An electroglottograpiEGG,

are almost identical fo8=180°, which implies that the per- L h PCLXwith | aqulb el q q
formance is not significantly affected by the envelope of the aryngograp Xwith large (adulp electrodes was use

noise. Tests at other phase settings produced similar resulfg measure the transglottal impedance. Both signals were re-

+0.2 dB. Overall, the results indicate the extent to which Wecorded on DAT(Sony TCD-D7,fs=48kH2), from which

can have confidence in the output signals that the PSHF prét‘ey were later digitally transfered to computer as 16-bit ste-
duces reo data. A calibration tone and background noise were re-

Although there are transient errors for the first two pitchCOrOIed with the microphone channel to give an absolute ref-

periods, as the tail of the first window ramps up toward itsere_nceﬂto pressure alnd to assess the measurement-error
center, the decomposed components shown in Fig. 3 soo(r[fOlse oor, respectively.
approach the true components. Looking at the time series
more closely, it is apparent that the modulation of the noise8. Decomposition of [pMaza]
envelope is re_talned. Indqed, the error S|gr_1al also gxh|b|ts The utterance that we refer to as example #1 consisted
some modulation, suggesting that the error is proportionally h ; .
. . . f the nonsense worf"aza] spoken by subject PJ. To il-
related to the noise, for a given mean HNR. The amplitude of) . o
S . : ustrate the effect of the PSHF, it was decomposed into its
the envelope ofl is slightly reduced with respect to the input

. : e harmonic and anharmonic parts, as shown in Fig. 4. The
component, butits phase remains unalteredhis finding, original signal(top) shows the initial burs20 mg followed
which is crucial to the results presented in this article, will be g g P

further justified in Sec. IV D. These simulations, therefore,by. v0|ce_on_se1(70 m9), the first vowel(100-320 mj the
) . S voiced fricative(320—420 msand the second voweé#20—
support the assertion that any modulation exhibited by th . Iy .
. . . . 20 ms. The harmonic component shows the voicing with
anharmonic component is not a processing artifact, but a

roperty of the source comoonent from which it is derived feduced noise, as expected; the anharmonic component con-
property P " tains the burst transient and initial noi&®—70 m$, a small

amount of noise during the vowels and a larger amount dur-

lll. APPLICATION OF PSHF ing the fricative.

The PSHF algorithm tended to provide the most faithful
decomposition during steady spells of voicing, when the am-

A series of recordings was made by three adult subjectplitude and fundamental frequency varied little. The pres-
who had no known speech pathologies: two native Britishence of jitter, shimmer, and abrupt changes causes perturba-
English speakers, one male) and one femal€SB), and a  tion errors, which can be seen in the anharmonic component
Portuguese malélLJ). The speech corpus contained sus-(70—100 ms, 200 ms, 270 ms, and 450 ms in Fig. 4
tained fricatives(all subjecty and some additional items: Figure 5 shows spectrograms of the signals, which con-
sustained vowelsa/ i, u/ (PJ, LJ, SB, nonsense words tain the following features: vertical stripes at the glottal pulse
/paFa/ (PJ, LJ, SB, and fricatives withf, glides /v,0, z,3/  instants, slowly varying horizontal band$e formant reso-
(PJ. One subject, PJ, also recorded nonmodal sustainesancey a generally mottled appearance of the anharmonic

A. Recording details
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component indicative of a noisy signal, and the separation ofor modal voice(+17 dB). The HNR drops dramatically by
voicing and frication during the voiced fricative. Note that, 20 dB, to about-3 dB, as( grows during the transition. We
without the aid of any heuristic filtering, the majority of the also see pulsing of the noise, which becomes less noticeable
high-frequency turbulence noise has been passed to the aas the fricative develops; the noise initially comes in bursts
harmonic component, while the low-frequency voiced partwith each glottal pulse, then disperses into continuous noise
has been successfully allocated to the harmonic componerih the fully developed fricative. Despite the inevitable deg-
It is also possible to see vertical striations during the fricaradation in PSHF performance, the disappearance of the
tion onset in the high-frequency turbulence noise, which bemodulation probably owes more to the decreased amplitude
come less noticeable mid-fricative. of phonation than to processing artifacts.

Looking at the vowel-fricative transition in more detail
(see Fig. 6, we see the growth of the anharmonic component
while the voicing dies down. Compared with the original IV. MODULATION
signal, the harmonic component is much cleaner in appeai. Short-time power (STP)
ance, and the regularity of the continuing vocal-fold oscilla-

tion is obvious, even in the middle of the fricatiyea. 380 S . . .
ms), despite much weaker phonation. Although devoicingharmonlc signals vary over time, we can investigate not only
' ' the ratio of the two, the short-time HNR, but also their indi-

sometimes occurs in voiced fricatives, it is clear that that is . ; . . .
. A - vidual trajectories. Averaging over a frame comparable with
not the case here. The anharmonic comporienivhich is

plotted with double the amplitude scale, is very small at the® pitch period, we can see finer variations such as those of

. . ; the anharmonic component caused by the modulation of the
end of the vowel, commensurate with a typically high HNR ~ . .
noise. The use of these derived measures is best demon-

strated at the transition between a vowel and a mixed-source
TOrginal signal | f j j sound that has a strong anharmonic component, as illustrated
' ' by the vowel-fricative transitiofi—az—] in Fig. 6.
: , The short-time powe(STP is a moving, weighted av-
R ———"— ; : erage of the squared signal, centered at timk is defined,
5 for any signaly(n), as

By seeing how the envelopes of the harmonic and an-

Sound Pressure (Pa)

=M-1x2(m)y?(p+m—M/2)

nharmonic estimate P ( ): — (6)
Anh : : : y p Em=&x2( m)
’ : using the smoothing window(m) of lengthM. ThusP,, is
2 g i L - 1 the STP of the harmonic component alRg that of the an-
Time (ms) harmonic component. The windowacts as a low-pass filter

FIG. 6. A detailed view of the i ios. from th Liricative transi. O the squared signals, whose roll-off frequency is governed
. b. etalled view o0 e time series, frrom the vowel-fricative transi- . . .

tion [~az—] in #1 by subject PJ, oftop) the original signas(n), (middle  PY the window lengthM, which reduces the interference
the harmonic componerit(n), and (bottom, double amplitude scalthe ~ fTOM r_ng_her harmon'cs- As SUC_h, periodic Va”a_nons n STP
anharmonic componeri(n). are eliminated with the larger window, yet remain, albeit at a
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FIG. 8. Modulation of the short-term STPsfatusing token #2 by subject
PJ, plotted as magnitudé®p: harmonic, thick; anharmonic, thimnd the
phase differencébottom).

FIG. 7. The short-time powgiSTP calculated over the medium terop,
M=~32 m9 and the short ternfbottom,M~8 mg for the decomposed com-
ponents from #2 by subject Pdhick) harmonicP,, and(thin) anharmonic
Py

in negative, in the anharmonic estimate. Otherwise, the HNR
reduced amplitudé—6 dB), with the shorter windo.For s at least+10 dB in the vowel, rising to more than20 dB
each computation of the STP, we ddtto a constant and at the steadiest poifaround 200 ms In the fricative, values
used a Hanning windowx(m) = 3(1— cos(2mmyM)) for m range from—3 dB to +10 dB, settling to about-8 dB in the
€{0,1,...M—1}. In the present study, we were interested infully established part. The short-term STP curvégy. 7,
features visible only at high time resolutigof order less bottom), which were computed using the single-period
than two pitch periodsso, although we were computing the smoothing window, exhibit the same general trends, but have
(short-timg power from the signals to calculak, andP,,, an oscillating element superimposed, which is caused by the
v(n) and G(n) were used rather than the power-estimatedmodulations in signal power within individual pitch periods.
v(n) andt(n), which are designed for narrow-band spectral
analysis. In doing so, we were exploiting the PSHF'’s signal ]
reconstruction in order to generate features from subsequeft Pitch-scaled demodulation

(asynchronousanalysis. In order to quantify the oscillations in STP, we calcu-
lated their magnitude and phase by complex demodulation of
B. Observations of [az:] the logarithmic signals 10lqgP, and 10logy P, [defined

in Eq. (6)]. We took pitch-scaled frames of the signal, as for

Speech example #2, the vowel-fricative transitfom:] the PSHR(N=4T,, Hanning windoww), and extracted the
produced by subject PJ, was decomposed by the PSHF at: harmonic fo:

the STPs were calculated. To observe short-term variations,

the window length was set to the mean peribts(T,); for El —j8mn N
medium-term variations over the length of the utterance, the 1On:0 w(n)ex 0910 Py| PN 2
window length was set to four times the mean perib, Py(p)= N—T ,
=4(Ty). Zh-owW(n)

The resultant STPs are plotted in dB in Fig. 7. The dif- . _ ™
ference between the harmonic and anharmonic medium-termvhich provided the output®,(p) and P,(p) as complex
STP trajectoriegtop) is the short-term HNR which, besides Fourier coefficients, rather than as reconstructed single-
voice onset, shows a noticeable change at about 400 ms harmonic signals. Implicit in the demodulation analysis is the
the transition from vowel to fricative. Indeed, after voicing assumption that the turbulence-noise source is multiplied by
has peaked toward the beginning of the vovatlabout 160 some signal that is related to the vibration of the vocal folds.
ms), the harmonic amplitude dies away, reaching a maxi-Thus by rejecting the higher harmonics, we can take this
mum decay at the transitiofca. 400 mgs After some over- model as a first order approximation, and extract reliably the
shoot and subsequent fluctuations it returns to a steady valyghase of the principal mode, that at the fundamental fre-
(ca. 700 ms The anharmonic component grows during thequency.
development of the fricativé380—500 my undergoes a pe- The modulation amplitudes are shown in Fig.(t8p)
riod of oscillation(500—660 mjy and finally settles down to and the relative phaséottom). The modulation phases,

a reasonably steady value. Note that the fluctuations of thevhich continually rotate at approximately the fundamental
two components at the start of the fricative are roughly equafrequencyf,, are unwrapped and then subtracted from each
and opposite. The initial period fluctuations at voice onsebther to form the phase difference between the modulation of
cause errors in the harmonic estimate, which get replicatedhe harmonic component and the modulation of the anhar-
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monic component, as plottédottom). The degree of modu-  _ "7
lation of the harmonic partFig. 8, top, thick ling varies — § ™[ 1 7 o
considerably during the vowel and the transition, but is morew j:
consistent during steady frication. The modulation amplitude';
is proportionately similar in the vowel and the fricative, and § asf -
reaches its maximum value right at the transition into the £ - :
fricative (~400 mg. It has minima at the points of weak % 7@ s s 000 1166 T00 1300 1400
voicing (around 520 ms and 640 m$ut otherwise grows in Time {ms)

the fricative toward a steady value of approximately 6 dB. INgig_ 9. phase of the harmonithick) and anharmonicthin) modulation
contrast, modulation of the anharmonic component is relaeomponents for #3 by subject PJ, related to that of the simultaneously re-
tively constant throughout, although it is slightly higher at corded EGG signal.

about 3 dB in the steady fricative. There are no clear trends

in the vowel; in the fricative, it is arguable whether or not the
dips following the points of weak voicingg50 ms and 690
msg) are significant, although quieter phonation might be ex-
pected to cause a reduction in the subsequent modulation.

g

which can be obtained using an EGG, may be used. Using

the coefficient of the EGG signal &g, L «(n), we compute
the phases of the components:

The phase differencésee Fig. 8, bottom however, . - .

i i i P,(n) Ly(n)
gives a more clearcut picture. During the vowel, the phase (n)=a , (12)
difference between the two sets of modulation coefficients is [P,(n)| [Ly(n)|
approximately zero, but it changes abruptly at the transition
toward a markedly different equilibrium ca=.130°. We can P,(n) L¥(n)
calulate the mean phase more precisely by considering a se- ¢y(n)=arg — : . (12
ries of unit vectors, each with its argument set equal to the [Pu(n)| [Lx(n)]

instantaneous phase difference, Ignoring the effect of phase wrapping, the phases can be

p P* () subtracted to give Eq8): 6= ¢,— ¢, .
6(n)=ar Ln) L (8) Using the above method on the synthetic signals from
[Py(n)| [P, ()] Sec. IIB, we estimated the phase offggffor each of its

) ) ) ) eight specified value®®, 45°, 90°, etg.at three HNR<20,
where P} is the complex conjugate of,, and Py/|P,| 10, and 5 dB. All modulation phases measured from the
=exp( argPy)) is the unit vector with the same phase as thedecomposed synthetic signals were within 5° of their speci-
modulation Coeff|c|enp for anyy. To avoid phase wrap- fied values. The mean error was less than 1° and the inter-
ping errors, unit vectors were used to average the phase inlgéasurement standard deviation was 2°. There were no no-
mathematically consistent circular algebra. Thus the-  ticeable differences across the different HNR levels, except

weighted time-averaged phase, with its standard deviationperhaps a slight trend in thgmuch higher intra-

is measurement deviations, which were 15°, 13°, and 13°,
S Toxe 0 o spect!vely. _ _ _
6)=arg e, + \/ n=1 J 0 ) Figure 9 contains the phase trajectories of the two com-
( 07— S—1 ’ ponents for anothefaz:] token, #3, spoken by subject PJ,

which do not exhibit the overshoot phenomenon that we saw
earlier (Fig. 7, top. Both phases hover close t690° ini-
tially. The harmonic component is perturbed near the transi-
S,l exp(j o(n)) tion, returning to approximately the same value for the frica-
eg=f (100  tive, except when it strays as voicing momentarily falters
(between 1300 ms and 1430 ms
For token #2 in Fig. &bottom), ()= —2°%+20° during the The anharmonic component shows greater variability,
vowel (40—370 m§, and—128°+8° (700—1000 mpsduring but approaches an equilibrium value after the transition that
the fricative. This marked difference suggests that more thais distinctly offset from the average during the vowel. The
one voiceless source is in action. The finding is not news irchange noted in6) thus appears to be due primarily to
itself yet, as a positive result, it can be used to explore variachanges inp,,, signaling a change in source mechanism for
tions in the source interaction quantitatively. the unvoiced component. We expect that the anharmonic
component during the vowel is due to a slight breathiness,
i.e., turbulence noise generated in the vicinity of the glottis,
and that during the followingz:], the anharmonic compo-
nent is primarily due to turbulence noise generated down-
In order to tell which component is causing the changestream of the tongue-tip constriction. The step changg,in
in the phase difference, we sought to relate the phases tt the vowel-fricative transition therefore corresponds to a
some independent measurement of the glottis. An ideal refehange in source location. This effect would predict that the
erence signal would be the glottal waveform itself, but foramount of phase change should depend on the fricative's
practical purposes the glottal area or its electrical impedancelace, which we will investigate in Sec. V. It should be noted

in radians, wheré& is the number of sample points, and the
mean unit vectoe, is

D. Using EGG as a reference signal
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[3,]

is 3+ 1 dB and, in all but one case, is greater than that of the
anharmonic componentghin). The anharmonic modulation
magnitudes were equally variable, but ranged from almost
zero in the bilabial fricativg3] to 2 dB in[z] (the same as
that of the harmonic modulatipn

The phase of the modulation coefficients was referred to
the EGG signal by subtracting the phase offggomponent,
as before. Care had to be taken in aligning pitch, power
(STP, and phase vectors in the analysis, but the difference
between using the pitch extracted from the acoustic signal
versus that from the EGG was found to be negligible. The
unweighted-mean values are plotted in Fig.(h6ttom with
error bars indicating one standard deviatiorl s.d), time-
averaged over the appropriate portion of the token. Of the
two components, the harmonic’s results showed greater con-
sistency within each phase measurement; across measure-
Phoneme ments, these values were all in the vicinity ef100°

Ao . .
FIG. 10. Magnitude(top) and phasegbottom) of modulation coefficients, +20°. The anharmonic phases, although more variable,

referred to the EGG signal, versus place of articulation for sustained fricaWWere all distinct from their _harmonic phases, excep_t[ﬁjr
tives[B, v, 3, z, 3, y, 1] by subject PJ. Harmonie, thick line) and anhar-  Moreover, where the transition from the vowel was included

monic (X, thin ling) components were plotted witht10) error bars. Those i the analysis segment, a clear step was seen in the time

measurements on vertical grid lines are for normal voicing; those adjacer{]é . . .
(to the righ}, where a pair of measurements are shown, were taken from eries of the anharmonic modulation phase.

section interrupted by devoicing. The phase of the modulation §ff]'s anharmonic com-
ponent had the largest variance, which was related to the
that a phase difference of approximately zero could as easilynusually small amount of modulation and rendered it most
be the product of perturbation errofs.g., from jitter and suscept_lble to mte_rferfance from disturbances. Since the an-
shimmey in the processing as of an in-phase modulated""_irmon'c modulation |r1i[3_] was therefore poorly correlated
noise source. Nevertheless, examination of the time-serigdith the EGG, we shall ignore this phoneme in subsequent
signals for the harmonic and anharmonic components fogvaluation. For the remaining anharmonic .phase data, there
over 20 examples gives us confidence that the STP, as '4€re two notable trendsf) the mean phase increased as the
summary of signal amplitudéor envelopg contains useful place of constriction moved in a posterior direction, &ingl

N W s

Magnitude (dB)

-

Phase re. EGG (deg)

information about the sources. so did the variance. The systematic change of phase with
place seems worth further investigation, although we might

V. RESULTS well expect the phase to depend alsofgn Any delay in the
speech production system, such as the propagation time from

A. Sustained fricatives the lips to the microphone, would add a phase term that

The magnitude and phase of the modulation coefficient§’creased linearly withfo, its gradient dependent on the
were determined for ten fricative tokens that included seve@mount of delay. In the following section we investigate the
different places of articulation. All of the tokens were simi- "élationship between the pitch and anharmonic phase during
larly pitched atf,=120+5 Hz, and sustained by subject PJ su§ta|n§d fricatives that contain changed jn and attempt
for at least 4 s, of which a steady section of approximately {0 identify the cause of any delays.

s duration was analyzed. For some cases, the section ana-

lyzed included a part of the contextualizing vowel; for oth- . .

ers, only the fricative was included. The PSHF was used t&- Pitch glides

decompose each example, and modulation coefficients of the When using spot measurements of phase for determining
harmonic and anharmonic components were calculated, aelay times, the main concern is that phase wrapping may

described in Sec. IV. Finally, the coefficients were averagedccur, e.g., a phase reading of 420° might be misinterpreted
over the fricative, excluding periods of devoicing, vowel- as only 60°, or vice versa. The number of cycles is important

fricative transitions and two pitch periods from either end ofbecause long delays, i.e., greater than a period, inherently
the section. The time-averaged magnitudes and phases aggtail phase-wrapping. A simple test for phase wrapping can

plotted in Fig. 10. The points plotted on the vertical grid be carried out by altering the fundamental frequefgand

lines were all from steady regions of voicing, whereas thoséy noting the phase changes. A few spot measurements can
adjacent suffered an interruption in voicing. be made or, more dependably, a continuous measurement

As mentioned in Sec. IVC, the magnitudésSig. 10, during a pitch glide. For a constant delay, the phase is
top) were all halved by the low-pass effect on signal powersimply a linear function of frequency:
of the windowing, which was adjusted accordingly for each PP 13
measurement to allow comparisons between harmonic and bu=2m7ufot B, (13
anharmonic STP, and across different phonemes. The maghere B is the phase offset between the actual modulating
nitude of the modulation of the harmonic compond(ttsck) signal, whatever it may be, and the EGG signal. The phases
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pointg, the fundamental frequency values also exhibit quan-
tization, which explains why the data points lie on a set of
vertical lines.

The best-fit line(thick solid line in Fig. 11 was calcu-
lated for the plotted data points by a least-mean-squares re-
gression and provides good general agreement. The line's
gradient provides an estimated delay timergf3.8 ms, and

: the intercept with the-axis atfy=0, wasB~ —170°. Re-
-451 : : : gression lines were also calculated for two other examples:
: : : [z:] ascending ands3:] descending. The lines fdiz:] are
-90 : i i within 10° of each other for the ranges ©f measured, al-
100 120 140 160 180 though their gradients differ, which suggests that some other
Fundamental frequency, f, (Hz) factor may have influenced these results. The line for a de-

FIG. 11. Scatter plot of the anharmonic modulation phase vs fundamenta?cendmg[?):] IS set apart from those f(ﬁz:], but has a similar

frequency for the sustained fricatiie:] by PJ during a descending pitch gradient, particularly to that of the descendimg].
glide, with its regressiorthick solid ling, and those of an ascendifig] The values ofg and 7, for all three cases are listed in

(thin solid line, and a descending;] (thick dashed link Table II, with the mean values of tHg-glide endpoints. The
difference between the two descending fricatiie$and|[3:]
¢, and B can take any real value, although in our initial was as expected in both direction and scale, yet there was a
measurements they lie in the rangd 80°. Hence, provided considerable discrepancy between the values calculated for
other independent variables remain unaltered, the gradient dfie ascending and descend[ag, which was exacerbated by
the phase with respect to frequency provides an absolute ethe extrapolation td,=0. Given that the propagation time
timate of 7, the delay duration for a given phoneme. for an acoustic wave from the lips to the microphone is 2.9
Subject PJ was asked to sustain a fricative during ans (r=1m, c,=343m/s, room temperature, dry jaiand
smooth pitch glide sandwiched between two notes about &coustic propagation in the tract would take about 0.5 ms
perfect fifth apart. That is, a constafy-fricative was held (I=16.5cm,co=359m/s, body temperature, saturated,air
for at least 1 s, theriy was increased steadily to approxi- the times derived from the gradient are of an appropriate
mately 1.5, over a similar period, and finally the fricative order of magnitude. The zero-frequency phase oftsede-
was held at the higher note of about fl,%or at least another spite these errors, corresponds to a point between one-half
second, taking aba® s intotal. Recordings were also made and three-fourths of the way through the open portion of the
of descending pitch glides. glottal cycle. We shall speculate about potential interpreta-
For all of the tokens analyzed, the time series of thetions of the coincidence of this timing relationship with the
anharmonic modulation phase showed a definite correlatiomaximum glottal flow in the following section. For fricatives
with the extracted, and both parameters exhibited distinct showing a higher variance, the scatter plots are less informa-
equilibria at the end conditions, which were connected by dive. Critically, no phase wrapping of the modal trajectories
gradual transition. The relationship betwefgrand the phase took place for any of the fricatives examined, which vali-
¢, can be seen more clearly by plotting them against eacHates the order of our earlier phase measurements.
other, independently of time. Thus Fig. 11 is a scatter dia-
gram of the anharmonic STP mo_dulatio_n phase versus fur\-ll_ DISCUSSION
damental frequency for the sustained fricatizg, during a
descending pitch glide.In this example, the points lie A. From phase to delay
roughly along a diagonal line, in the rangst5°, except for We would like to be able to convert the reported phase
a few stray excursions that occured at transitions or near ga|yes into delay times in order to relate a peak in the acous-
singularity, where the modulation amplitude was almostic response to the event that caused it. The glottal closure is
zero. There is a higher density of points at either end of the.smmonly assumed to give the principal acoustic excitation
trajectory line due to the period of cgn;tant pitch pefqre angy the vocal tract. The harmonic componartn) should
after the frequency ramp. The deviation from this lime, {hen consist primarily of the vocal-tract response to that ex-
~10°, is of the same order as the deviation of tbenstant-  jiation. The smoothed STP ofn) has a peak every cycle
fo) sustained fricatives considered earlier. Owing to the inyha¢ s slightly delayed with respect to the instant of excita-
teger quantization of the extracted pitch peri@d sample {0 and further delayed due to the acoustic propagation
time from the glottis to the microphone in the far field. We
TABLE Il. The anharmonic delay,,, the offset phasg and the standard computed its phase, with respect to the peak of the fun-
deviationo about the corresponding regression line, for thigglides by damental component of the EGG signal. To refer it instead to

920

45

Phase {deg)
o

subject PJ. the moment of closure of the vocal folds, we subtract
Phoneme fo (H2) 7o (M9 B(°) o (°) =arg(,)q; to convert this phase to a time delay, we divide
[2] ascending 126 175 28 _129 0 by the instantaneous fundamental frequency:
[z:] descending 1134172 3.8 —169 11 b, — a
[3:] descending 121178 4.0 —154 22 =" (14)

v omt,
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FIG. 12. Time series during a sustained] by PJ:(from top EGG signal  FIG. 13. Harmonic and anharmonic delay timeg[top, Eq.(14)] and 7,

L«, sound pressurs, harmonic parv, and anharmonic patt [bottom, Eq.(15)] respectively, versus distance of constriction from teeth,
for subjects PJ<), LI (©), and SB(5%). The dashed line is the predicted
lip-mic propagation delayyg, the thin solid line is the predicted total delay,

whereg, is defined by Eq(11). The anharmonic component .. a"thick solid line is the quadratic line of best fit.

u(n) consists primarily of the vocal-tract response to the

noise excitation. We wish to convet, to a time delay also,

but it is not clear whether we should refey, to the same abruptness of the closure. Although the phase may change
instant of closure of the EGG signal. If we use the sameslightly throughout the recorded corpus and for subjects
ang]ea as in Eq(]_z]_)7 we are effective]y assuming a model other than PJ, the value af= — 0.4 shown here is used in

of the modulation mechanism, namely that the peak ampliall cases to refer the harmonic component to the same instant
tude of the turbulence noise source is evoked by the excité?f the EGG signal.

tion originating from the instant of glottal closure. We wish ~ Through a separate studghadleet al, 1999, we ob-
instead to deduce the mechanism controlling the modulatiorfained magnetic resonance imagifigRI) data for subject

by using the phase difference expressed as a time dela§J: sayind p'asi]. Combining these with articulatory pho-
Therefore, to refer the phase to an unknown point in theetics, we were able to estimate the constriction location for

EGG signal, we subtract the angte each phoneme. Distances along the vocal tract were mea-
sured from the glottis, and the position of the teeth was es-
. _¢u—B (15  timated in relation to the lips and the hard palaippe) or
42wty tongue body(lower). Table Il lists all the constriction-teeth

where ¢, is defined by Eq(12). For our initial discussions, distances, which agree closely witp Table | in Narayanan
we setB=a. et al. (1999. For the breathy vowdla"], the place of great-

Figure 12 shows a set of four synchronous time-serie§St constriction was assumed to be the glottis.
signals during the fricativdz:] sustained by subject PJ, Ideally, we would like to characterize each phoneme by
which are(from top) recorded EGQ.,(n), recorded sound two distances: from glottis to place of constriction, and from
pressures(n), and the decomposition into the harmonic angconstriction place to the location of turbulence noise genera-
anharmonic signals;(n) andu(n). The dashed lines around tion. Different aspects of sound_generation take place_ over
the harmonic and anharmonic components represent their efl€S€ two “paths.” However, while for some fricatives it is
velopes(i.e +2.P, and+2\/P_u) The EGG measures the Well known that noise generation is highly localized at the

e.,+2P, and+ . .

time-varying(high-pass filterexipart of the trans-glottal con- €€th(€.9.[s., z,3]), for others the noise source appears to
ductance, which is at a maximum when the glottis is closed?€ distributed, for instance, along the hard palate [dr
It shows a sharp rise at the instant of closure, occurring atohadle, 1991 The distance from the constriction to the
around—0.4 (—72°), with respect to the EGG signal's fun- SCUrce location is thus less precisely known for some frica-
damental component, whose phase is indicated by the upplY€S: All delays are therefore calculated using the
abscissa in Fig. 12. This phase offset is slightly less than gonstriction-teeth distances given in Table Ill. These values

quarter of a cycle, because of the long open portion and th¥€re used for all three subjects, regardless of minor inter-
subject variation in physical dimensions. Although women'’s

vocal tracts are generally shorter than those of men, most of
the difference is in the pharynx. Since for LJ and SB we are
dealing with distances from within the oral cavity to the
Phoneme v 0 z 3 ¥ § a" teeth, the variation is considered negligible. Although this
Distance 00 04 11 22 52 103 149 partofthe procedure is crude compared with the signal pro-
cessing, it enables us to visualize our results in a way that

TABLE lIl. Estimated distance from the constriction to the teeth for sus-
tained voiced fricatives by subject PJ, in cm.
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TABLE IV. Estimated travel timegms) for /z/ (I,=14.6 cm,l,=1.1cm), %/ (I,=13.5cm,l,=2.2cm and &/ (I,=10.2cm,|,=5.2 cm), by acoustic
propagatiorac or by convectiorco, usingU, =200 cn¥/s andU,= 600 cni/s forco, andco,, respectively. The column undgr gives the travel times over
path 1, and the first row undéy those for path 2. The nine values inside each sub-tablg are , rounded to two significant figures; those in bold face best
match the measured daisee text

Izl t, (M9 13/ t, (M9 sl t, (M9
ac co; co, ac co; co, ac co; co,
t; (M9 0.06 1.90 0.63 t; (M9 0.08 3.0 1.0 t; (m9 0.17 6.0 2.0
ac 0.38 0.44 2.3 1.0 ac 0.35 0.44 34 1.4 ac 0.27 0.44 6.3 2.3
Cco; 690 690 690 690 COy 640 640 640 640 co; 490 490 490 490
co, 230 230 230 230 cOo, 210 210 220 210 co, 160 160 170 160

has greater physical meaning. Bearing in mind that the teeth  The travel time for a sound wave over this first glottis-
will not necessarily be the source location in all cases, weo-constriction path of length; can be estimated as| 4.
can nevertheless interpret trends and make order of magni=1,/c,. Values are shown in Table IV computed for three
tude calculations to help indicate the aero-acoustic processeifferent|; values €,=359 m/s). The convective travel time
that are likely to be operating. is estimated as|.,=11/(V/2). A minimum and maximum
The delays calculated for the voiced fricatives of threeconvective velocity are computed using volume velocities of
subjects are plotted against place of articulation in Fig. 13200 and 600 crifs, and an average cross-sectional area
including one breathya] vowel (PJ. For reference, the lip- through the back cavity of 5 clt is clear from the values
microphone propagation time is shown as a dashed horizohown in the table that even the lower of the convective
tal line, 7r=2.9 ms for a microphone at 1 fspeed of sound delay estimateso©,) is two orders of magnitude higher than
Co=343m/9. In Fig. 13 (top), the delay timesr, are all  the measured delays. Such delays would be easily observable
greater than the acoustic propagation delay, as expected. The any transition, and would in particular lead to extensive
additional delay, the reverberation lag, is reasonably consisshase wrapping on the pitch glides. Further, we observe
tent across phonemes, showing a mean value of 1.3 ms a'l\‘Shger delays(longer by approximately 1 msfor a more
no significant trend. In contrast, (Fig. 13, bottomis gen-  posterior place, whereas a convective mechanism for path 1
erally belowrg. Since the largest portion of these delays is,yould mean that delays would shorten by 50-150 ms.
in fact, the wave propagation time from the lips to the mi-Therefore we conclude that the aspect of phonation that

crophone (which is obviously identical for both compo- mqqylates the noise travels at the speed of sound over path 1.
nentg, any variations in the delay are attributable to other  The second path extends from the constriction to the

causes. Such causes include jitter/shimmer effects, changggncipal location of turbulence noise generation. The flow

in glottal waveform, changes in vocal-tract configuration, the gty increases in the constriction; at the exit, a turbulent
measurement noise on the data, pro_cessmg errors, and aCtﬁ“ﬁlforms. The self-noisérom mixing) of the jet is relatively
changes in the source characteristics. However, before Weak for vocal-tract dimensions and flow rates but, whatever

attempt t_o interpret the anharmonig results, let us co.nsider obstacle the jet encountefwhether the palate or the tegth
the physical mechanisms that could lead to modulation of th%dditional turbulence noise is generated that is louded

frication source, as has been observed. can be much more localizedlf the jet emerging from the

constriction is pulsing, the turbulence noise generated by it
will likewise fluctuate, but an acoustic field can also influ-
ence the formation of turbulenc&row and Champagne,
For all voiced fricatives, the path that the flow perturba-1971. We could further consider whether an acoustic field
tion must take from glottis to far-field microphone can becould influence not only the jet structure, but the sound gen-
divided into three sections: from glottis to constriction exit; €ration where it impinges on the obstacle.
from constriction exit to the principal location of turbulence ~ For path 2, we can again make order-of-magnitude esti-
noise generation; thence to the microphone. The first twdnates of the travel time at acoustic and convective velocities.
paths are the most important with regard to the mechanisridVe estimate, to be the constriction-teeth distance, although
of noise modulation. we expect that the teeth do not act as the obstacle in all these
During phonation, the pulsing jet of air exiting from the cases. Again, two values bf are chosen that correspond to
glottis generates sound and sets up vortical motion. Théhe two values of 1, that is, result in the same vocal tract
sound wave travels downstream at the speed of sound; tHength in both cases. The acoustic delay is then computed as
vortices convect at the order of the mean flow velocity,m5|ac=12/Co, as shown in the table. For the convective de-
which is much slower than the speed of soupd(Barney lay, V is recomputed using a typical constriction area of 0.1
et al, 1999. The effects of phonation therefore traverse thecn? rather than the 5 cfused earlier. The same minimum
first section of the path in two different ways, with two dif- and maximum volume velocities are used, giving much
ferent travel times. The longer that section is, i.e., the mordnigher values o¥.
anterior the constriction, the bigger the discrepancy in time  From Fig. 13(bottom), lengtheningl, from 2 to 5 cm
will be. actually increases the delay by approximately 0.7 ms. This is

B. Travel times
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consistent with the convective delay computed using therection velocity and the distance from constriction to ob-
maximum convective velocitycolumnco, in Table IV). If stacle. Their results provide a plausible mechanism for the
travel times were at speed of sound in both paths, therenodulation of voiced fricatives, but do not help us to esti-
would be virtually no difference in the delay with place. mate B8, the angle that determines the phase of the glottal
Therefore, the second path must involve some mechanisycle to which we should refer the modulation of the anhar-
that convects. monic component. Nevertheless, we can place some bounds
on B's range of variation.
C. Source modulation mechanisms

What theoretical models exist that describe the moduIa—D' Interpretation

tion mechanism itself? Most of the methods in the literature,  Up to this point, we have sg8=a=—72°. However,
summarized in the Introduction, incorporate modulation by ahis produced delays shorter than the acoustic propagation
parameter related to glottal flow, such as the instantaneousne from lips to microphone, i.es,<7g. This is not pos-
component of the volume velocity at the constriction exit,sible since if any part of the path is traveled at convection
but do not allow for a nonacoustic mechanism, i.e., forvelocity, the delay will be increased. Theref@el «, i.e., B
propagation velocities other than the speed of sound. This more negative tham. Yet 8 has a lower bound, since
differences with place that we observe in the phase of thetherwise we would observe phase wrapping during the pitch
anharmonic component are not consistent with models deglides.(For the interval of a perfect fifth used here, the lower
pending only on acoustic propagation. bound is —67.) We thus have strong bounds of:

We have not so far discussed the extensive literature- (3X360)°<gB<—72°. In addition, we can compute the
examining interaction of the glottal waveform with the angle that would make the minimum, just equal to the
vocal-tract driving-point impedance. Rothenbef(§981) acoustic propagation of 2.9 mg= —175°.
showed, theoretically and by inverse-filtering speech, that the  The pitch glide data produced estimates3ahat ranged
first formant frequencyr, affects the degree of skewing of from —120 to—180°, as presented in Table Il. The estimates
the glottal waveformg: the vowel[a], with its highF, so derived must be treated with caution for two reasons: they
has a more skewed s (peakUg occurring later in the glot- are based on one subject and only three glides, and the fitted
tal cycle than doegi], with low F;. Since all of the English lines are used to extrapolate an intercept value. Thus any
voiced fricatives have loweF; than[a], the peakUg is  variation in the glide itself will be magnified in the intercept
predicted to shift earlier in the cycle durifgF], which was  estimate. By modifying the best fit lines to the pitch glide
borne out by Bickley and Stevens’ resuli©86 for conso-  results, using one standard deviation to give the worst case
nantal constrictions at the lips. Nevertheless, though such gradients, we get a range of 200°<B8<—100°. These
mechanism could perhaps explain why the phase differenceeak bounds for the range @ together with the stronger
changes during the vowel-fricative transition, it does not ex-bounds given above, predict thagtin Eq. (15 should lie
plain the amount of change we obsefvanging from 40° to  within the range:—200°<B=<-175°. TakingB8=—175°
150° nor the difference with place, which should afféct ~ would effectively add 2.4 ms to the delays shown in the
and higher formants rather th&n . lower half of Fig. 13.

Crow and Champagn€l971 showed that acoustic ex- While it is clear that modulation of the anharmonic com-
citation applied to air in a duct upstream of the jet nozzleponent varies with place, we can do no more than speculate
could induce an orderly structure in the jet wake, with athat the acoustic-convective theory of sound production for
preference forSt=fD/V=0.30. Such a structure appearsthe fricative component in voiced fricatives is the most
when the acoustic velocity is greater than 1% of the meatikely, whose mechanism can be described as follows. A
flow speedV at the nozzle exif{nozzle diameteD). The pulsed flow is emitted from the glottis into the vocal tract.
turbulence noise spectra show that the forcing has the effeGound waves propagate down the vocal tract towards the
of suppressing background noise and enhancing noise at freenstriction; at the constriction, the flow forms a jet, devel-
guencies near the forcing fundamental and its harmonics. oping turbulence as it travels downstream. The temporal and

We cannot compare all aspects of Crow and Chamspatial characteristics of the mixing flow are strongly influ-
pagne’s results to ours because the relevant vocal-tract panced by the intersecting sound waves, inducing synchro-
rameters cannot be measured accurately enough. Howevemus pulses of turbulence; the pulsed turbulence and en-
we estimate that Strouhal numbers for voiced fricativedrained vortices convect downstream. When the jet
range from 0.3 to 0.9, based dérf, a typical constriction encounters an obstacl{euch as the teetha new source is
diameterD, and the volume velocitiedl used in Table IV. generated that is pulsed & and efficiently radiates sound.
The forcing takes someinspecifiedl time to alter the shape The sound source at the obstacle excites the vocal tract;
of the jet; any change in the jet travels downstream at itsound radiated from the lips propagates into the far field.
convection velocity. We conjecture that the sound generation ~ Assuming this to be the case, the increasing variance in
mechanism with which we are chiefly concerned, that of theSec. V A might be explained by three possible causes. First,
jet impinging on an obstacle, would, in the presence of theéhe exact shape and location of the constriction may vary
“forcing function” of phonation atf,, exhibit nonlinear em- more for more posterior places, as the articulators become
phasis offy and its harmonics, similar to the free jet spectralarger and are less finely controlldé.g., tongue dorsum
shown by Crow and Champagne. Any changefjnwould  relative to tongue apéx Second, variations in convection
affect the noise generated after a delay, related to the comnelocity would make a larger contribution for the more pos-
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terior fricatives where the vorticity has further to travel be- lation. We have shown that a plausible explanation is that the
fore reaching the obstacle. Third, the obstacle upon whiclacoustic signal generated at the glottis induces a structure in
the turbulence impinges is likely to extend further in thethe jet emerging from the constriction, and thus alters the
direction of flow, producing a more distributed source fornoise generated by the jet as it impinges on an obstacle.

constrictions nearer to the glottis. Further practical experiments using dynamic physical mod-
els should be conducted to establish whether this explanation
VIlI. CONCLUSION is correct. The second non-acoustic path that accounts for the

In this paper, we have used the pitch-scaled harmoni¥ariation of phase with place has not been incorporated into

filter (PSHP on voiced fricatives to decompose them into speelghbsy_nthtesst_ motdels untt|l _recehn(andesr,_ 399,9 I del
harmonic and anharmonic components. The amplitude of tpyould be instructive 1o ascertain Whether sinder s mode
components was represented by their short-time poweRred'CtS the phase changes we observed. It would also be

which exhibited modulation at the fundamental frequenc;ﬂsefm to explore inter-subject_variations and the_ robustness
of phase changes to changed in effort and speaking style.

fy. The relative phase of the modulation of the two compo-_. v, the oh qiff bet h : 4 anh
nents changes rapidly at a vowel-fricative transition, settlin inally, the phase ditierence between narmonic and annar-
onic components, which changes suddenly in the vowel-

near an equilibrium that depends on the fricative’s place of . tive t iti b wally i tant and
articulation. The subjects were recorded uttering fricatives a cative transition, may wefl be perceptually important an

a range of places. The findings of this article support theShould be investigated!

suggestion that the aero-acoustic mechanism of fricative

sound production is modified by voicing, due to the powerfulACKNOWLEDGMENTS

effect of upstream acoustic disturbances as they intersect the . .

jet (Crow and Champagne, 1971 This paper is based on a talk presented at the 2nd Inter-
Tests of our PSHF algorithm on synthetic signals con-national Conference on Voice Physiology and Biomechanics,

firmed that modulation was not a signal processing artifactBerlin, Germany, 12—14 March 1999. The authors would
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the time-varying interaction of sources in the voiced fricative©f this manuscript.

[z:], manifested as pulsing of the unvoiced component. Us-

ing the STP to approximate the signal envelopes, we derivea'here is no reason why, in theory, a number of periods other than four may

- s . not be used, but we have not tested any alternatives. However, we believe
an ObJeCtlve and quantitative method for measuring the mag'that the current value, which has a time-frame comparable to oteays

nitude and phase of the pulsation by complex demodulationgrazieret al, 1976, offers a reasonable compromise between adaptability
The phase difference between the modulation of the harand ideal PSHF performance for speech signals.
monic and anharmonic parts revealed two distinct states iﬂn a similar study, the PSHF performance was evaluated with three kinds of
th I-fricative t iti rﬁ ] Referri th h | perturbation: jitter, shimmer and constant-variance additive noise. Although
€ vowel-ricative rar_]5| lonaz:j. e ef“”g € phase Va_' those tests were at a different pitchy€ 130.8 Hz), the performance at
ues to the EGG provided better fidelity in the modulation matching conditions was unaffected.
analysis and allowed us to attribute the change in state to thincidentally, repeating the process with the prescribed pitch values showed
anharmonlc Component WhICh Corresponded to a Change “that our uSing the nOiSy values had little effect on the anharmonic perfor-
. - nce, which was degraded by 0.4 dB in the worst case. The observed
the unvoiced source Iogat!on. The phase Ch_ange de(?reased line in the harmonic performance with increasing noise, though, was
the place of the constriction moved posteriorly, which was entirely due to the effect of noise on the estimated pitch, which would
verified on a second subje(tJ). otherwise have kepy, pinned at 5.4 dB and 5.6 dB for all constant and
A set of f, glide experiments showed that the phase, a§m0dU|Etedhn°ise tests, fIESPEC“VEW- R e
a function of f,, behaves almost entirely like a constant ot that the STP can also be computed in a pitch-scaled way, but there is
. - little advantage from this minor adjustment to the roll-off frequency, for the
place-dependent delay. It is tempting f[o speculqte furthefange off, values within each token.
about the role of the observed phase differences in the cafEvery one in ten points has been plotted, so the values have been effec-
egorical perception of voiced fricatives, particularly in oppo- tively sampled at 4.8 kHz.

e ot ; .. _SFurther information can be found on the internet, including Matlab script
sition to aspiration noise, but we have found scant empmcal(.m) files of the algorithm, a dataday file containing the LPC coefficients

evidence in the |iter5_1tur_e to support these claims. In percePyseq in Sec. 1B and soundway) files of examples used in this paper:
tual tests on synthetic signals, Herm@991) found that the  http://www.isis.ecs.soton.ac.uk/research/projects/nephthys/.
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It was reported to the first author that a female dog—wolf mix showed anomalously rough-sounding
vocalization. Spectral analysis of recordings of the vocalization revealed frequency occurrences of
subharmonics, biphonatiditwo independent pitchg¢snd chaos. Since these nonlinear phenomena
are currently widely discussed as integral to mammalian vocalizRfiblden et al., Bioacoustic®,
171-196(1988] or as indicators of vocal pathologi¢slerzelet al, J. Speech Hearing Re37,
1008-10191994); Riedeet al, Z. Sgtkde 62 Suppl: 198—-233997], we sought to understand the
production mechanism of the observed vocal instabilities. First the frequency of nonlinear
phenomena in the calls was determined for the female and four additional individuals. It turned out
that these phenomena appear, but much less frequently in the repertoire of the four other animals.
The larynges of the female and two other individuals were dissected post mortem. There was no
apparent asymmetry of the vocal folds but a slight asymmetry of the arytenoid cartilages. The most
pronounced difference, however, was an upward extension of both vocal folds of the female. This
feature is reminiscent of “vocal lips'(syn. “vocal membranes)’in some primates and bats.
Spectral analysis of the female’s voice showed clear similarities with an intensively studied voice of
a human who produces biphonation intentionally. Finally, the possible communicative relevance of
nonlinear phenomena is discussed. 2000 Acoustical Society of America.

[S0001-496600)00510-5

PACS numbers: 43.80.Lb, 43.80.K&/A ]

I. INTRODUCTION guency and the waveform of the pulses to be controlled. The

Y ic oh ion i ch 7ed b iodic vib vocal tract then acts as a filter which transforms the primary
i fa:rr]nonlc pl f?;t'o_?h'.s ¢ arlei\ctt_erlzg d y ;t)eno Ic \;!t.ra'signals(Fant, 1960; Fitch and Hauser, 1995, 1997
lon ot the vocal Tolds. 1nis oscifiation IS due to a repetitive The vocal folds constitute a highly nonlinear self-
sequence of the same vibration pattern, the duration of which . . . )
) . . , . _oscillating system{Herzel et al,, 1995. Nonlinearity means
's called the period. According to van den Berg's myoelasnc-that the factorgvocal fold amplitudes, glottal air flow, intra-
aerodynamic theor{1958 vocal fold vibration is based on a lottal . pth i ' 9 i | '
dynamic equilibrium between viscoelastic forces dependin jlotta pressurgvary in ways that are not linéarly propor-

nal to each other. This results in a complex relationship

on mass, damping, length, and tension of the vocal folds, an ) .
aerodynamic forces related to the Bernoulli effect. The effecPetween pressure and flow. Nonlinear systems display a

tive length, mass, and tension of the vocal folds are detef?Umber of typical phenomena which we briefly describe

mined by muscle action, which allows the fundamental fre-nere. Aperiodiqor chaotig oscillations are characterized by
irregularity, and in extreme cases there are no repeating pe-

riods at all. Period doubling is another characteristic of non-

30riginally presented at the Second International Conference on Voic?. d ical It i h ized b dd
Physiology and Biomechanics, Berlin, 12—14 March 1999. Inear dynamical systems. It Is characterized by a sudden

PElectronic mail: tobiasriede@web.de change in the frequency of the oscillations, such that the
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spacing between spectral components is halved. variety of mechanisms can induce nonlinear phenomena. For
As a first approximation, the vocal folds can be consid-example, left—right asymmetries and strong source-tract cou-
ered as two coupled oscillators. Each oscilldteft and right  pling can desynchronize vocal fold vibratiotidergell et al.,
vocal fold has an eigenfrequency depending on mass and997).
muscle stiffness. In special cases such as vocal fold paralysis Unlike in humans, no systematic direct investigation of
or anatomical asymmetry of the larynx, these frequencies catfe in vivo vocal fold vibrations with stroboscopy or high-
be detuned, causing desynchronized vocal fold vibrationsspeed glottography is possible in animals. Consequently, we
Subharmonics in the oscillation spectrum often correspond tbave to rely on indirect data to discuss the mechanisms of the
integer ratios of the frequencies of the left and right vocalinstabilities. First, we compare the animal vocalizations with
fold (e.g., 1:2 or 2:B (Steineckel and Herzel, 1995This  a surprisingly similar voice of a young woman, in whose
phenomenon is termed frequency locking or entrainment andase the underlying mechanism of the voice instabilities is
results in a vibration pattern characterized by more than onwell understood. Second, we perform a post mortem inves-
oscillation maximum. If the ratio of two frequencies is not atigation of the animal’s larynx to look for anatomical pecu-
rational number, the dynamics corresponds to a torus, i.e., lérities.
superposition of two independent frequencies. The coexist-
ence of two audible frequencies has been termed biphond. MATERIALS AND METHODS
tion. Subhz_armonic_ regime_s and biphonat?on oft_en _show suda  studied animals
den transitions to irregularity. Such chaotic oscillations show
no repeating pattern over the duration of the vocal segment.  The observed animals lived in a group. All were deriva-
A more detailed introduction into nonlinear dynamics of vo- tives from a male hybridPersian wolf, New Guinea singing
calization can be found in Herzet al. (1994 and Wilden ~d09, Australian dingpand a female mixed-bree(Golden
etal. (1998. By the phrase “nonlinear phenomena” we Shakal, Elk dog, Siberian huskySince 1981 this packin
hereafter mean to refer collectively to subharmonics, biphol997 it consisted of eight animals: five males and three fe-
nation, deterministic chaos, or any subset of these. maleg had lived without any further genetic influgnce ona
Nonlinearities are found in normal phonation of humans®000 nt area of the Eberhard—Trumler—Stati¢Birken—
(e.g., Robb and Saxman, 1988; Titzeal, 1993 and they ~Honigsessen, Germahy

have been characterized as an integral part of mammalian The ”female_ with the conspicuous voicenamed
vocalization (Wilden et al, 1998. Moreover, they are rel- ~ochaka”) died in December 1997 at the age of 7.9 years

evant as indicators of pathologiés.g., in humans: Herzel and with 18-kg body weight after a severe undetermined dis-
etal, 1994; Omoriet al, 1997: in animals: Riedetal, ©€ase. A malg4 years and an additional femalé years

1997; Riede and Stolle-Malorny, 1998, 1999hat is, the ~Provided larynges for anatomical comparison. These two
occurrence of nonlinear phenomena increases during disoRimals died after aggressive interactions with another dog

ders of the vocal apparatus or some kinds of systematic di€OUP- All three ammgls were deep fro.zen u'ntll 'dISSGCtIOH.
eases with impacts on phonation. Unfortunately a detalleql patholog|ca_l investigation of the
Since it is difficult to obtain reliable data about sound €2rcasses was not possible for technical reasons.
production mechanisms in living animals, Case studies are ) .
also useful instruments to understand the basic physiolog§- Acoustical analysis
and generation of nonlinear phenomena. We observed con- Video and audio recording was done with two cameras
spicuous rough vocalization of a female dog—wolf mix living (Video-Hi 8, Blaupunkt, CR 8700 H and CCD-V200E Video
in a pack of eight individuals. Spectral analyses allowed ug PRQ. Recordings were made in two observation periods,
to relate the conspicuous audible roughness to the occurrengiest period: June 1994, 15 choruses recorded, second period:
of biphonation, subharmonics, and chaos. April to June 1997, 64 choruses recorded. Thfeem 1994
The observed nonlinearities occurred in the female’s voand twelve(from 1997 choruses respectively were available
calization during chorus howling of the pack. The howl is thein which one, two or three of the anatomically investigated
best studied form of acoustic communication in wolves. It isanimals were clearly recognized. Additional recordings
a frequency modulated harmonic vocalization and plays &erved for comparative purposes.
major role in territory maintenance, pack integration, and  Spectral analyses were made with HYPERSIGNAL™-
individual recognition(Harrington and Mech, 1979; Har- MACRO software. The calls were analyzed using the Fast
rington, 1989. It is a form of communication that is effec- Fourier TransformationFFT), with 8-kHz sampling fre-
tive over long distance®.g., 1-2 kmn. A single wolf usually  quency and 512 points FFT order, i.e., narrow band analysis.
begins howling and is followed after some time by otherHanning windows and a 75% overlapping of the successive
pack membersgJoslin, 1967. Three or more animals can be windows were applied.
involved in the chorugKlinghammer and Laidlaw, 1979 For safe identification of an individual's calls during the
which can start spontaneously, i.e., without an obvious rehowling chorus, the spectral analysis was compared with the
lease, or may follow a special triggéFheberge and Falls, simultaneous video recordings. This procedure was repeated
1967; Klinghammer and Laidlaw, 19Y.9 by a second investigator and only those calls identically
Our aim is to understand the underlying physiologicalidentified by both investigators were used for analysis.
mechanisms of the nonlinear phenomena observed in this For the description of the nonlinear phenomena in the
animal. It is known from human vocalization studies that acalls we used the nomenclature as suggested by Wédtlah
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(1998 for the mammal vocal repertoire. Periodic signals ex-
hibit the well-known harmonic structure in the spectrogram.
Transitions to subharmonic regime induce parallel bands be-
tween the pre-existing harmoni¢$eriod-doubling”) or at
multiples of one third of the original pitch(*period- 4
tripling” ). Chaos is associated with the abrupt transitions to
noiselike segments. Periodic windows often appear within
these chaotic segments. Biphonation is characterized by ¢
series of nonparallel bands related to two independent fun-
damental frequencies and their overtones.

For quantification we used a method used in humans
(Robb and Saxman, 198&nd once in macaquediede
etal, 1997 and cats(Riede and Stolle-Malorny, 1998,
1999. For each individual a number of clearly identified
calls were extracted from the choruses. We obtained a
sample of 291 calls from 5 animals. The spectrogram of each
call was then categorized according to the occurrence of non-
linear phenomena, and the relative duration of the nonlinear .
phenomena to the total call duration was calculated. For that | Schaka Schaka Schaka
purpose the duration of all 291 calls was measured and
summed for each individual. Then the duration of all nonlin-
ear phenomena was measured, summed up for each indi
vidual and divided by total call duration.

To ensure that the selected spectrograms were free o
artifacts such as aliasing, clipping or reverberation, the
samples were subjected to perceptual review by a seconc
investigator(D.M.).

Schaka Schaka Schaka Schaka

{ 4 ! 4

w
L

Frequency (kHz)

Frequency (kHz)

C. Anatomical investigation

The laryngegfix in formaline, 7% were dissected in the
dorso-ventral midline and macroscopically inspected. For |
microscopic investigation the vocal folds were excised in Schaka : Schaka
toto and embedded in paraffin. Six-mm sections were done a .~ O
three levels(ventral, middle part, dorspland colored with R :
Haemalaun—Erythrosine for a global inspection.

[ll. RESULTS

Frequency (kHz)

A. Acoustical analysis

Figure 1 shows the spectrogram of a howling chorus
(60-s total duration Five animals are involved in this cho- 0 time (s) 20
rus. For reason of clarity only the calls of “Schaka” are
marked with arrows. The first call of Schaka exhibits a har-FIG. 1. Time series and the spectrogram of a chorus. The upper graphs

; ; resent the first 20 s, the middle ones the next 20 s, and below, the final 20
monic structure whereas her subsequent calls show a Vane@ﬁf the chorus are shown. The calls uttered by “Schaka” are marked over

of complicated patterns. the total call duration by arrows.

1. Nonlinear phenomena in Schaka’s vocalization

Figures 2 to 4 show spectrograms of Schaka'’s calls dis- L .
. . o - ._~a harmonic windowarrows 2 and 8 These transitions are
playing a variety of transitions between harmonic vocaliza-

tion, subharmonics, biphonation, and chaos. Relevant point%lways abrupt. Chaosdcqn t())cchur altlthefbe.glnmng of ‘; call, as
in the spectrograms are indicated by arrows. The calls werld FI9. 3 (arrow 2 and in both calls of Fig. 4very short

extracted from choruses, therefore they are sometimes ovefaotic segments prior the harmonic window call never
laid by calls of other animals. ended with chaotic elements.

A transition from harmonics to chaos can be seen for  The percentage of calls containing nonlinear phenomena
instance at arrow 5 in Fig. 2. A transition from chaos toiS presented in Table I. Nonlinear phenomena can be found
biphonation occurs in the second call of Figa2row 6, and  in the calls of four out of five animals. Schaka shows the
between arrow 1 and 4 in Fig. 3. In Fig. 4 chaotic elementdiighest amount with 32%, the other animals range between 0
(arrows 4 and 1Ppare followed by transitions to harmonic and 24%.
elementgat arrow 5 and 1jland the chaos is interrupted by Table | also presents the relative duration of the nonlin-
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FIG. 2. Time series and spectrograms of a 10-s chorus cut-out with call§!G. 4. Two calls of “Schaka” from the middle of a howling ceremony are
uttered by “Schaka”: The first callbetween arrows 1 and vas harmoni- ~ Shown. The first call is between arrows 1 and 6, the second call is between

cal. Arrow 1 points to the fundamental frequency at the beginning of theafow 7 and the end of the window. Both calls are overlaid by calls of other

call, which starts with 390 Hz rises to 470 Hz and ends with 410 Hz; call@nimals. Both calls start with a short chaotic elemetows 1 and 7,
duration 3.7 s. This call was overlaid by the call of another anfmabw 2  'espectively followed by a harmonic windoarrows 2 and 8, respectively
with very similar fundamental frequency. Schaka’s second call started agnd @ second, much longer chaotic elementows 4 and 10, respectively
arrow 4. It started harmonically with increasing fundamental frequency.The chaos ends at arrows 5 and 11, respectively. Both calls end with a

There was an abrupt changarow 5 to a nonperiodic element with chaos harmonic element with a fundamental frequency decreasing from 410 Hz to
at the beginningarrow 6 which continues to biphonic structuréarow 7). 390 Hz and 430 Hz to 380 Hz. Arrows 3 and 9 indicate the transition from

The biphonation ended suddenigrrow 8 and passed on to a harmonic the harmonic window to chaos.
element with decreasing fundamental frequency from 430 Hz to 380 Hz

(end of the call at arrow )9 This last call element was overlaid by the . . . .
howling call of another animal with increasing fundamental frequency. NoteV&S able to produce biphonation intentionally and whose

that the time series displays a high amplitude during the chaotic and biproduction mechanism is well understofske Mergell and
phonic episode. Herzel (1997 for details regarding high-speed glottography
and modeling This woman is able to phonate simulta-

ear phenomena. Schaka again showed the highest value @gously at two different fundamental frequendies., bipho-
18%, the other animals range between 0 and 5%. nation during forceful expiration. The woman was asked to
imitate Schaka’s howl. From a subjective viewpoint, she was
able to simulate Schaka’s vocalization very closely. Figure 5
spectrograms of the woman'’s voideft) and Schaka'’s origi-
nal howling call (right). Spectral analysis of the woman’s

The mammalian larynx is quite similar in gross anatomyypijce signal showed that during biphonic vocalization the
between speciefNegus, 1949; Harrison, 1995uggesting  fundamental frequency is of the same order as the first reso-
similarities in the physiology, for instance, in the vibration nznce frequency of the vocal tragte., the first formant
pattern of the vocal folds. For that reason we comparegyhen the fundamental frequency falls toward considerably
Schaka’s vocalization with that of a 24 year old woman whojower values or reaches sufficiently higher values than the
first formant frequency, the biphonic spectral pattern disap-
pears.

2. A human is able to produce similar acoustic
features

3. “Source-tract interaction” in Schaka’s
vocalization—Comparison with the woman'’s voice

Now we discuss in detail a representative call of Schaka
with biphonation. In the power-spectrum in Fig. 6 the peaks
of two fundamental frequencidtermedf, andg,) are vis-
ible atf;=515 Hz andgy,=3875 Hz. The major ratio of the
two fundamental frequencie${/g,) in the call from Fig. 6
is about 0.59 which is significantly different from 1/2 or 2/3
as expected for subharmonic vocalization. Consequently we
term this occurrence of two independent frequencies bipho-
nation.

0 time (s) 10 The major peaks in the power-spectrum are harmonics
HIG. 3. The call start » with a chaotic el (artow 2 which or linear combinations of these two fundamental frequencies.
.o e call startsarrow with a chaotic elemen(arrow whnic H H
passed on to biphonatio@rrow 3. This part shows an abrupt transition For example(Flg. 6, the spectrum demonstrates that all SIg-

(arrow 4 to a harmonic part with a fundamental frequency of 430 Hz, which Nificant peak§ can be expressed as linear combinations of
decreases to 390 Harrow 5. The total call duration is 4.4 s. two frequenciesf, and go. As expected by Mergell and

Frequency (kHz)
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TABLE |I. Total number and percentage of calls containing nonlinear phenomena and relative duration of
nonlinear phenomena. The calls come from different choruses.

Calls containing  Calls containing  Relative duration

Animal's  Age Number of calls nonlinear nonlinear phenomena of nonlinear

name (year3 Sex (number of choruses phenomena (%) phenomend%)
Schaka 7.3 f 720 23 32 17.9
Chinuk 4.2 m 214) 5 24 4.9
Weisspitz 6.2 m 10M®) 11 10 2.7
Graue 6.2 f 2%5) 1 3 1.4
Koja 6.2 f 625) 0 0 0

Herzel (1997, and Reuter, Herzel and Orgelmeis{@é®99 prior to the biphonation comes into resonance with the first
for the human voice, and by Nowicki and Caprani@886 resonance frequency of the vocal tract, enhancing the inter-
and Fletchel(1992 for bird vocalization, the appearance of action between the glottal source and vocal tract. The bi-
linear combinations indicates a nonlinear interaction of twophonic pattern does not appear if the fundamental frequency
frequencies. In humans direct observation of the vibratindalls toward lower values. For example, Schaka’s first call in
vocal folds revealed that these biphonations represent a glokig. 2 reaches a maximum fundamental frequency of 470 Hz
tal or source-generated mechanism caused by asynchronowich is below the first formant frequency of about 550 Hz.
vibration pattern of the left and right vocal folKiritani This call is purely harmonic.

et al, 1991, 1993; Mergell and Herzel, 1997 Access to subglottal pressure information is possible in-

As discussed in Mergell and Herzgl997), slight asym-  directly via examination of the time series and the amplitude
metry in the laryngeal framework is not sufficient to generateenvelope estimation. Subglottal pressure is the air pressure
biphonation. Only together with source-tract interactions bi-caudal from the glottis maintained by contraction of the in-
phonation was sustained. This interaction is enhanced if the
fundamental frequency coincides with the first formant.
Moreover, high intensities due to large subglottal pressure
support biphonation.

In Schaka’s case we observed that during biphonic vo- , |
calization the fundamental frequency seems to be near to the
first formant. The overlaid LPC curve showed a first formant .10
peak at about 550 Hz. From post mortem measurements we._.
know that Schaka’s vocal tract lengtinom glottis to lipg is
16 cm, predicting a first formant frequency of 550 Hz, ac-
cording to the equation for formant frequency calculation
from the vocal tract lengtfVTL) and speed of sound in
warm moist air ¢=350 m/9: F1=c/4* (VTL) (for humans: 40 1
Titze, 1994; for animals: Fitch, 1997; Owren and Bernacki,
1998. Thus the fundamental frequency of the source signal 5 Frequency (kHz) 2
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FIG. 5. Time series and spectrogram of two vocalizations. The left one iFIG. 6. Time series, spectrogram, and spectrum of the biphonic call from
from a 24 years old woman who was asked to imitate Schaka'’s vocalizatiofrig. 2. The spectrum represents only a short term seg(66rng around 8
which is on the right side. The woman is able to produce biphonation in-s in the spectrogram. Indications of vocal tract resonances are found with
tentionally. LPC analysis around 550 Hz and 1800 Hz.
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oS Four other animals also showed nonlinear phenomena in
. their calls, but at a much lower rate. Further, they never
produced biphonation, but only subharmonics and determin-
istic chaos.

vocal fold without 'vocal lip'

A. The generation mechanism of nonlinear
phenomena in Schaka’s howling

The anatomical investigation of “Schaka’s” larynx
showed a slight asymmetry in the Processus cuneiformes
part of the arytenoid cartilageHiranoet al. (1989 showed
in humans that the laryngeal framework is typically asym-
metric, and that the degree of asymmetry did not differ
among age groups or between sexes. They concluded that
there must be some mechanism compensating for the asym-
metric framework to keep the vocal fold edges relatively
symmetric. Assuming that a similar compensatory mecha-
nism exists in wolves, this slight asymmetry in Schaka’s lar-
ynx is probably not solely responsible for the high amount of
nonlinear phenomena in her voice.

Investigations of human voices have shown that asym-
metries in vocal fold anatomy, as well as asymmetries in the
vibration pattern, can be the basis for nonlinear phenomena
N, : ] (e.g., Ptoket al, 1993; Mooreet al, 1987. These findings
06 mm — CaE T b received further support from computer models of the vibrat-

' = ing vocal folds(Steinecke and Herzel, 1995; Tiggesal,
1997; Mergell and Herzel, 1997These models showed that
slight asymmetries are able to produce nonlinear phenomena
(Herzel and Reuter, 1997; Mergell and Herzel, 1987a-
rameters such as the subglottal pressure or vocal tract shape
Gte appropriately adjusted. The coincidence of vocal tract

. ... resonance frequencies and fundamental frequency of the vo-
crease of the subglottal pressuiduring the woman’s bi- o : . : .

. . - ; .., cal fold vibration support interactions and reciprocal rein-
phonic phonation. In Schaka’s biphonic calls, the amp“tUdeorcement

's about one-third higher than during harmonic phonation Studies with anaesthetized and centrally electrical stimu-

(Fig- 2. lated dogs(Solomonet al, 1994 showed that macroscopi-
o o cally normal looking vocal folds produced normal sounding
B. Anatomical investigation dog vocalizations, but a subject with nodules produced rough

Macroscopic investigation of Schaka’s larynx showedSounding utterance@ot analyzed in more detail
no obvious peculiarities of the vocal folds. The lengths of the [N Schaka, we found a slight asymmetry of the laryngeal
left and right vocal folds were 16 mm and 18 mm, respec_framework. Second, in biphonic calls we observed a coinci-
tively. The Processus cuneiformes on the left side was largéfence of the fundamental frequency of the source with the
than on the right side. The other wolves’ larynges showed ndst formant frequency of the vocal tract, suggesting the pos-
macroscopic peculiarities. The vocal folds of the male weresibility of source-tract interaction. Third, the relative ampli-
18 mm on the left and 17 mm long on the right, and those ofude in biphonic call parts was about one-third higher than in
the female 16 mm on the left and right side. harmonic call parts. All three points together may be respon-

The main result of the microscopic inspection was ansible for biphonic, chaotic, and subharmonic regimes.
upward extension of both vocal folds of “Schaka” but not of ~ The microscopic investigation delivered a further aspect
those of the two other investigated individualBig. 7). 1O be considered—an upward extensions of the mucous on
These structures were about 49 high, 200um broad, the edges of the vocal folds. In two other animals we did not
and 8 mm long, situated on the edge of the vocal folds. Thidind such structures. These structures are well known as “vo-
feature is reminiscent of “vocal lips’(syn. vocal mem- cal lips” (syn. vocal membrangsn bats and some primate
brane$ in some primates and bai®rown and Cannito, species(Harrison, 199% In canids there is no consensus
1995; Mergellet al, 1999. It also resembles oedema and about the frequency of vocal lip occurrence. Harrigb®99

Sulcus vocalisn pathological human voices. did not describe vocal lips in the wolf. Jiarad al. (1994
described no vocal lip-like structures in the vocal folds of 13

mongrel dogs. Two other references showed histologic pic-
tures of dog vocal folds which obviously had vocal lip like

A female dog—wolf mix displayed an unusually high structures but the authors did not explicitly mention them in
amount of nonlinear phenomena in its howling vocalization.the text(Duckworth, 1912; Negus, 1929

vocal fold with
‘vocal lip'

FIG. 7. Cross sections of the middle part of the vocal fold of ScHalihn
vocal lip) and of a normal sounding anim@tithout vocal lip.

tercostal muscles and the abdominal muscle. The time seri
in Fig. 5 shows an increase in amplitudadicating an in-

IV. DISCUSSION
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There are two main suggestions about the function ofoices with a higher amount of nonlinear phenomet@not
vocal lips in voice production. First, they might be respon-indicate an unhealthy voice to human listeners suggesting
sible for the production of very high fundamental frequen-that nonlinear phenomena are common to a certain degree in
cies (Schm-Ybarra, 1995 as seen in some small primate the normal human voice. Hecker and Krgd970 found
species. Second, a computer simulation showed that vocalso that a higher degree of roughness affects the listener’s
lips can lower the subglottal pressure at which phonation igiility to guess the speaker’s age: listeners evaluated the
supported, thus increasing vocal efficien@ylergell et al,  speaker older than he/she was.

1999. Moreover, vocal lips induce vocal instabilities in the Together, these observations suggest that nonlinear phe-
model, suggesting that the “upward extension” in Schaka’snomena in the otherwise primarily harmonic vocalization ex-

vocal folds may support the production of nonlinear phe-hibit communicative relevance in humans. Further studies,
nomena. Also Brown and Cannitd995 discussed vocal including behavioral observations, are necessary to substan-
lips as being responsible for biphonatidthey called it tiate the communicative role of nonlinear phenomena in non-
“polyphonic vocalization”), hypothesizing that vocal lips human mammal vocalization.

represent a separately vibrating structure inducing a second
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Vocalization-correlated respiratory movements
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Respiratory abdominal movements associated with vocalization were recorded in awake squirrel
monkeys. Several call types, such as peeping, trilling, cackling, and err-chucks, were accompanied
by large vocalization-correlated respiratory movemdmM&RM) that started before vocalization.
During purring, in contrast, only small VCRM were recorded that started later after vocal onset.
VCRM during trill calls, a vocalization type with repetitive frequency modulation, showed a
modulation in the rhythm of the frequency changes. A correlation with amplitude modulation was
also present, but more variable. As high frequencies need a higher lung pressure for production than
low frequencies, the modulation of VCRM seems to serve to optimize the lung pressure in relation
to the vocalization frequency. The modulation, furthermore, may act as a mechanism to produce
different trill variants. During err-chucks and staccato peeps, which show a large amplitude
modulation, a nonmodulated VCRM occurred. This indicates the existence of a laryngeal
amplitude-controlling mechanism that is independent from respiration20@0 Acoustical Society

of America.[S0001-496600)00610-X]

PACS numbers: 43.80.Ka, 43.64.TWA]

I. INTRODUCTION (1994 have shown that vocal frequency is influenced to
some degrees by subglottic pressure and, therefore, also by
Respiration is a necessary prerequisite for vocalizationlung pressure.
Respiratory muscles show a different activity during vocal-  The aim of this study is to further investigate abdominal
ization and speech than during quiet breathing in iffdoyd ~ respiratory movements related to the production of subglottic
and Silver, 1950; Drapert al, 1959; Hoshiko, 1962; pressure during vocal activity. The main question will be:
Hoshiko and Berger, 1965; McFarland and Smith, 1989; EsAre respiratory movements during vocalization related to
tenne et al, 1990 and primates(Jirgens and Schriever, acoustic parameters other than sound intensity? Clarification
1991). It is generally believed that “respiratory muscles act©f this question is regarded as an important step toward a
to generate and maintain lung pressures necessary for vocetter understanding of the central control of vocalization.
ization, while laryngeal and supralaryngeal structures help
regulate subglottic pressure and modify the airflow to pro—“' MATERIALS AND METHODS
duce the appropriate soundWest and Larson, 1993Ac-  A. Procedures

cordingly, the influence of laryngeal and supralaryngeal  FEie adult squirrel monkey$Saimiri sciureus 1 “ro-
structures on vocal parameters, like amplitude, frequencyman” type, 4 “gothic” type) were trained to sit in a restrain-
and spectral content, has been extensively investigated, whilgg chair inside a sound-attenuated chamt®iemens-+

the influence of respiratory temporal patterns on vocal pamatsushita Systemsor single sessions of about 1-2 h once
rameters is largely neglected. A detailed electromyographia day. The chair was specially adapted to the monkeys’ body
(EMG) study of respiratory muscle activity during vocaliza- shape and upholstered by soft cloth. Animals were able to
tion in squirrel monkeys was made byrdans and Schriever move head, arms, and feet. To comfort the animal, meal
(1991). They used electrical brain stimulation under generaworms, raisins, or nuts were given during training sessions.
anesthesia to elicit peeping or sequences of chuck calls. IAfter getting used to the situation, animals started to vocalize
contrast to quiet breathing, inspiratory and expiratory inter-either as response to playback calls or spontaneously.
costal muscles are coactivated and abdominal accessory

muscles are additionally recruited during vocalization. TheB- Data recording

authors showed that the amplitude of the uttered vocalization  Respiratory movements were recorded with a magneto-
is most closely related to the envelope of the abdominametric method. Two coils were mounted in the midline of the
obliquus internus EMG activity, which, accordingly, seemsanimal, one over the abdomen 20 mm below the lower end
to be involved in the production and modulation of subglotticof the ribcage, the other on the back in an approximately

air pressure during vocalization. Furthermore, Hsga@l.  aligned position. The coils had a diameter of 1 cm and a

distance of 65—75 mm. The back coil was connected to a
30riginally presented at the Second International Conference on VoiceSlne wave generatdﬁgmeg .HMSOS(’D set to .15 kHz and
Physiology and Biomechanics, Berlin, 12—14 March 1999. was used as transmitting coil. The sense coil was connected

YElectronic mail: uhausl@t-online.de directly to the input stage of a Tectronix 5110 oscilloscope
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with 5A22N type preamplifier. The signal was filtered with
low cutoff at 10 kHz and high cutoff at 30 kHz. Amplitude

of the sine wave generator and gain of the preamplifier was W“H————H»““v‘
set to give a low noise 1.5 \peak-to-peaksignal, the am- A

plitude modulation of which reflected abdominal diameter
changes. These diameter changes are related to respiratotoo

movements in the way that inspiration is accompanied by ar h\

. . . 50

increase of abdominal diameter and a decrease of the me W
sured signal. Conversely, expiratory movements are relatec g

to a decrease in diameter and an increase in the signal. Di B
ameter changes were in the range of 3—6 mm. 0 800 1500 2200 2900 ms

Vocal utterances were recorded with a Sennheiser MKH:IG. 1. Respiratory movements before and during vocal activity induced by
directional microphoe 1 m infront of the animal. The signal a playback stimulus. The upper trace shows the oscillogram of the signal
was filtered with a passband from 170 Hz to 30 kHz andpicked up by the microphone. The lower trace shows the corresponding
amplifier to a level of 1.5 V. Playback vocalizations were resp?ratory movement. High values corre_spond toa ;mall dorso-ven_tral' ab-

. . dominal diameter, low values to a large diameter. During normal respiration,

presented with 65-70 dB SPL at the ear of the animal, deén increase of the signal indicates expiration, while a decrease corresponds
pending on the actual stimulus. Calibration of the systemo inspiration. The scale bar indicates the range of abdominal movements in
was carried out with a B&K Type 2231 sound level meter.percentage of normal breathing.
The recording system was linear within 1.5 dB between 200
Hz and 20 kHz. Recording of vocalizations as well as recordments showed the typical time course illustrated in Fig. 1.
ing of the movement signal was made online with a micro-Inspiratory and expiratory phases could be clearly differen-
processor systertMacintosh Quadra 950 and an NI A2100 tiated. The change from expiration to inspiration was char-
analog i/o boarfat a rate of 48 kHz. In addition to online acterized by an abrupt change in movement direction, while
recording, the whole session was recorded on video@pe the transition from inspiration to expiration is gradual and
nasonic, AG-570Dtogether with the vocal and movement slow. Even though the time course differed between indi-
signals. viduals, the abrupt change during expiratory—inspiratory

Analysis was carried out offline with the program “Sig- transition was present in all animals.
nalyse.” Sonagrams and amplitude plots were calculated for
the animals’ vocalizations. The “movement” signal was B. Vocalization-correlated respiratory movements
analyzed by calculating an amplitude plot which represents &/RCM)
plot of the distance between the abdominal coils.

Recorded vocalizations were classified according t0345
Newman (1985 into peep calls, trilling, purring, cackling,
and err-chucks. The following measures were taken for eac

vocal utterance(l) Cycle time of frequency and amplitude movementVCRM). Depending on the type of vocalization,

modulation as well as respiratory modulation in trill calls. this expiratory movement was modulated in a characteristic

An z_implitude envelope was dete_rmined _by_ calculating _thef/vay. The following types were recorded: isolation peeps and
moving average of the squared signal within a 15-ms time, O peeps (= 22) [Figs. AA), (C)], trills (n=286) (Fig.

window. Cycle time of amplitude modulation was measured3 ; —8) (Fig. 6 Kli —22 d err-chuck
if neighboring maxima and minima differed by more than Q(A’Elégn(r::?g(nn F)>ée;:?'ca)l,lscac ing 0 ) and err-chucks
dB. (2) Amplitude of the vocalization-related respiratory A very simple relationship between call structure and

movement relative .to the movement during th? nonvocal 'eSY/CRM is found in isolation peeps. Isolation peeps are long-
piratory cycle.(3) Time between onset of expiratory move- distance contact calls showing only minor frequency and am-

ment and vocal activity. For all measures, only those recordblitude modulations. The expiratory movement in this case

ings were accepted that were free of artifacts due_ tq 905&tarted with a median latency of 35 ms before vocalization. It
body movements. Results were transferred to a statistics pr

. . e %’radually increased in amplitude until the onset of vocaliza-
gram (Statview for basic statistics and ANOVA. For each tion and remains constant throughout the &g, 2(A)].

a_nlmal, data from 4 to 6 sessions were included in the ar]aly'i'his indicates a rather constant expiratory effort during the
SIS. course of vocalization. During 5 of the 22 cases, the VCRM
showed some irregular modulations making up about 6% of
IIl. RESULTS the total respiratory movement. In a few cases, peep calls
were preceded by distinct frequency-modulated elements
[Fig. 2B)]. In these cases, the VCRM showed a strong
Breathing movements were recorded from the abdomemodulation that followed the time course of the frequency
as here the movements of the body wall were largest in anmodulation.
plitude and gave the most consistent results. Preliminary re-  Single short peeps were either observed at the very end
cordings of thoracic respiratory movements showed that irof the expiratory phase or they were accompanied by a single
the dorso-ventral direction thoracic movements were vernshort expiratory movement of high amplitude. Sequences of
small in amplitude and difficult to record. Breathing move- short peep$staccato peeps, Fig(@)] were characterized by

Respiratory movements were recorded during a total of
vocalizations. Compared to normal breathing, vocaliza-
ion is accompanied by an additional expiratory movement
hich will be called vocalization-correlated respiratory

A. General characteristics of breathing
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FIG. 2. Respiratory movements during different peep calls. In each sub- [V . ~
figure the upmost trace shows the oscillogram of the vocalization, the sec- 01 ™/
ond trace is an amplitude plgtnean power envelope within a 15-ms time kHz
window) of the vocalization, the third displays the respiratory movement 104
(i.e., abdominal diametgr(High values correspond to a small dorso-ventral
abdominal diameter, low values to a large diamgfEne lowest trace shows
the spectrogram of the call. The scale bar of the respiratory trace indicates
the range of abdominal movements during normal respiration, in percent. :
(A) Isolation peep(B) Peep with preceding frequency-modulated element. 0 200 400 600 800 ms
(C) Series of short peep.

FIG. 3. Respiratory movements during different trill calls. Further explana-
. ) tions see Fig. 2(A) Short trill. (B) Long trill with amplitude modulation
a continuous expiratory movement throughout the sequenagrgely in phase with respiratory movement modulatie®). Trill with am-

that was nearly identical to the VCRM during isolation plitude modulation out of phase with VCRM.

peeps. Hz. This frequency will be referred to as frequency modula-
tion rate. The frequency modulation is often accompanied by
an amplitude modulation of approximately the same rate, but
Trills are tonal calls exhibiting a marked rhythmic fre- with a phase relationship to the frequency modulation that
guency modulation with a repetition rate between 9 and 1&an vary between animals as well as between vocalizations.

C. Trill calls
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A clearly rhythmic modulation of the VCRM is found in tween different calls; several cases, however, were also ob-
almost all trill calls. Out of the 286 recorded trills, only 3 served in which the phase relationship changed within single
lacked a rhythmic VCRM modulation. The modulation con- calls. Such a phase shift correlated with changes in the cycle
sists of either a stepwise decrease of the abdominal diametlemgth of VCRM modulation or frequency modulation.
[Fig. 3B)], or large oscillations superimposed on the expi-These changes were always accompanied by a change in the
ratory movement associated with the vocal actiiBig. character of the call elemen(Big. 5).

3(C)]. The amplitude of the modulation in the latter case was  Measurement of large scale amplitude modulation dur-
above 25% of the total respiratory movement for most callsing trill calls showed that these are correlated with the
In trills, VCRM starts with a median of 30 ms before vocal VCRM modulation. The phase distribution of the amplitude
onset. In some cases, however, rhythmic modulation ofmodulation peaks is significantly different from an equal dis-
VCRM was observed several hundred ms before audible varibution (p<0.01). As can be seen from Fig(B), how-
calization. ever, the correlation was not as good as that between VCRM

The modulation of VCRM is related to both the ampli- modulation and fundamental frequency modulation. The dis-
tude and the frequency modulation of the call. Analysis oftribution of normalized phases was significantly broader for
the cycle lengths of VCRM modulation and frequencythe amplitude modulationp<0.005,F-tesh. The mean pre-
modulation showed an approximately linear relationship beferred position of the amplitude peak was also differgmt (
tween both[Fig. 4(A)]. In addition, there was a preferred <0.001,t-tes, with the amplitude peak preceding the peak
phase relationship between them. The high-frequency phas# the VCRM.
of the fundamental corresponds to the large-amplitude phase . :
of the respiratory movement. The phase-histogram distribup' Purring, Cackling, Err-chucks
tions[Fig. 4(B)] indicate that there is some variation in phase Purring is a low-intensity vocalization that consists of
relationship. In most cases, this variation was observed bdeng pulse sequences with a rate of about 30 Hz. Animals
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FIG. 5. Respiratory movements during short trill call
with marked change in element shape. Upper trace: 0s-
cillogram of the vocalization. Middle trace: respiratory
movement(i.e., abdominal diameter. High values cor-
respond to a small dorso-ventral abdominal diameter,
low values to a large diameder_ower trace: spectro-
gram. The phase duration of frequency modulation is
larger than the phase duration of VCRM modulation.
Therefore a change in phase relationship between
minima of respiratory signalR1,R2) and minima of
the fundamental frequency(,F2) is observed during
the call. The change in accompanied by a change of
0. acoustic structure from a predominantly upward sweep

100 200 300 400 500 ms to a U-shaped form.

100 -
50

kHz
10 -

produce these vocalizations preferably during affiliative in-ment and close to the spontaneously observed fluctuations.
teractions(Newman, 1985 During purring, the VCRM is No obvious correlation of the modulation with the acoustic
extremely small. Figure 6 shows a typical example. There iparameters of the call could be detected.
not extra expiratory movement detectable at the beginning of
purring; qnly after about 250 ms, there is a small :_:md CONYy DISCUSSION
stant expiratory movement. Mean latency of VCRM is 80 ms
after vocalization onset. The aim of the present study was to investigate if and
Cackle calls consist of short wide-band calls with low how respiratory movements are differentially modulated dur-
fundamental frequency and high-to-moderate amplitudeing vocal activity. The study demonstrates such a modula-
They may be uttered as single calls or in a sequence. Thesien; its degree and character, however, depends upon the
calls are accompanied by distinct expiratory pulses. Thesgpe of vocalization. The main finding of this study is that
pulses start with a very short latency of about 6—-10 ms beduring frequency modulated trill calls and those peep vocal-
fore vocalization onset. In 3 out of the 22 cases, the expiraizations that contained a frequency modulated segment, a
tory movement showed an oscillatory modulation consistingstrong relationship between frequency modulation and
of two peaks which were not related to the vocal parameters/CRM is present a less strong relationship is also present
Err-chucks consist of a relatively loud growling like el- between VCRM and sound amplitude.
ement(“err” ) followed by an ascending and descending or  CRM measured in this study generally consists of a de-
only descending high pitched eleméhthuck™ ) within 100  crease in abdominal diameter during vocal activity. The de-
ms (Fig. 7). The calls show a marked amplitude modulation.crease of abdominal diameter is due to the activity of expi-
VCRM starts with a median of about 35 ms before the callratory abdominal muscles that have been shown to be active
and continues throughout all elements without interruptionduring vocalization. Jgens and Schrievef1991) demon-
Some modulation is present but has an irregular time coursetrated that during vocal activity in the squirrel monkey, the
Its amplitude was below 6% of the total respiratory move-EMG of the musculi obliquus internus and externus were
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FIG. 6. Respiratory movement during purring. Upper trace: oscillogram of the vocalization; middle trace: respiratory movement; lower tracgaspect
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closely related to the amplitude of peep calls and rhythmigressure in such a way that a short distance between spine
cackling. For echolocating bats, Lanceséal. (1995 simi-  and abdominal surfac@ipward position in our plojsrelates
larly have shown a close correlation of lateral abdominalto high lung pressure, which a large distance relates to low
wall EMG cavity with high-frequency ultrasonic pulses. A pressure. Therefore it is not surprising that large amplitude
close relation of VCRM to expiratory abdominal muscle ac-calls like peep calls exhibit a rather large VCRM and purring
tivity in the squirrel monkey is also indicated by the latencywhich is a low amplitude call has only a small VCRM.
of EMG activity in the obliquus internus and externus As already stated sound intensity is not the only param-
muscles which started between 32 and 104 ms before vocater with which respiratory movements are correlated. In the
onset(Jurgens and Schriever, 1991 his corresponds to the case of trill calls, there is a modulation of VCRM that is
latencies found for VCRM for peep and trill calls in the much better correlated with the time course of the fundamen-
present study. tal frequency than with that of the amplitude. This is most
The VCRMs demonstrated during peep, trill, and cackleclearly expressed by the fact that modulation of VCRM takes
calls clearly differ from those characterizing respiratory place only during the periods in which frequency modulation
movements during speech in humaistenneet al, 1990; is present.
Draperet al, 1959. In humans, a constant linear decrease of  The phase relationships indicate that small abdominal
abdominal and thoracal diameter has been observed durirdjameter which, as stated above relates to high lung pressure,
speaking. This has been related to the production of a mods normally correlated with high frequency. Surprisingly,
erate but relatively constant subglottic pressure during speakhere is not a strict relationship between the amplitude modu-
ing (Estenneet al,, 1990. Expiratory abdominal muscles, in lation present in the trill call and the breathing movement.
this case, are only recruited after several seconds near tfgis makes clear that expiratory effort bears a complex rela-
end of a speech period, while at the beginning, passive reionship to frequency and amplitude, depending upon the
laxation of the abdominal and thoracic wall is observedspecific call type.
(Draperet al,, 1959; Hoshiko and Berger, 1965 In order to explain this relationship, a model proposed
A situation partially similar to speech-related respiratoryby Titze (1989, 1993 for humans may be used. According to
movements is observed during purring. Here, we also do nahis model, higher fundamental frequencies need higher lung
find an abrupt decrease of abdominal diameter, but a slowressures for their production than lower ones. According to
linear one starting sometime after vocal onset. Like speeclHfitze, there is not only a lower limit of lung pressure but also
purring is a low-frequency vocalization that has low-or- an upper one. This is most relevant at low frequencies where
moderate intensity and does not need such a high pressutige vocal folds have low tension. In this case, high pressure
for its production as high-intensity peep or trill calls. There-can either prevent glottal closure or result in a chaotic move-
fore, as in human speech a relaxation of the respiratorynent, so that tonality is lost. High pressure at low frequency,
muscles maybe sufficient to support the necessary subglottfarthermore, will result in a high airflow which may be in-
pressure. compatible with prolonged phonation. The upper pressure
Jugens and Schrievéd991) showed that in the squirrel limit also increases with frequendyig. 8A)]. Data from
monkey thoracic expiratory as well as inspiratory musclesTitze (1993 indicate that the upper pressure limit for low
are co-activated to stabilize the thorax, against which abfrequencies is below the threshold for high frequencies. This
dominal expiratory muscles can act to produce the approprimeans that in order to produce a continuous vocalization
ate subglottic pressure. As the decrease of abdominal diamvith marked frequency modulatidiabove 50% of the vocal
eter measured in this study is closely related to expiratoryange an active modulation of lung pressure is necessary.
abdominal muscle activity, it should also be related to lungFurthermore, a specific phase relationship between frequency
pressure as well as subglottic pressure. It may be assumedodulation and breathing modulation is necessary. High fre-
that VCRMs during vocalization are correlated with lung quency has to be in phase with high pressure to produce a
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Lung

pressure upper pressure

P limit used in
phonation

jacchusor Microcebus murinugZimmermannet al,, 1995,
and perhaps mammals in general as well.

With regard to the neuronal mechanisms underlying the
sing above-described model, the question arises of how the respi-
ratory and laryngeal components are appropriately synchro-
nized. Is there a common generator for rhythmic vocal activ-

‘ J ity or are there separate laryngeal and respiratory rhythm
0 50 100 generators? In the case of separate generators, one would

Range of Fy[%] . . . .

Fol%] expect that under certain conditions respiratory modulation

N and frequency modulation can run out of phase. It also might

/\/ \ / be expected that the modulation of either frequency or res-

o piration could disappear independently from each other. In
Fol%] the above-described experiments, phase shifts were observed

2 during some calls but the cycle length differences between

/\/\/ frequency modulation and respiratory modulation always re-

B ¢ - pn e c 04 mained small. This indicates that the rhythm generation dg—
Range of Fo[%] Folt] pends on separate but closely coupled generators for respira-

Lung 1004 3 tory and laryngeal components.

pressure N //\\ / The large amplitude modulations observed during peep
AL ol sequences and err-chucks, neither of which is accompanied
by a corresponding modulation of the VCRM, cannot be ex-
4 P E—Y plained by the mechanism described above. Here, it must be
R / / / assumed that the amplitude minima are due to laryngeal
’ T mechanisms alone, either a complete opening or closure of

50 100 0 a0 the glottis. As a complete opening of the glottis together with
Range of Fo (%] el the high pressure during peep calls would result in a fast

FIG. 8. (A) The shaded area represents the range of lung pregure  €Xhaustion of the respiratory airflow, it is likely that a tran-
which is compatible with the production of a specific fundamental frequencysient glottal closure rather than an opening is the cause for

(Fo). Only within the shaded area, phonation is possible. Within the rangethe amplitude minima in these cases. A clarification of this

intensity increases with lung pressuuppointing arrow. In (B) the shading 4 ,astion has to be left to further investigations directly ob-
is omitted in both diagrams; only upper and lower pressure limit is indi-

cated. The numbered lines with double arrows represent tracks along which€Ving the glottis during vocalization.
lung pressure and fundamental frequency can be modulated during trill calls.

As phonation is only possible within the area shade@ it is only along

the marked sections of the tracks that vocalization will occur; the thinv' CONCLUSION

dashed sections of the_tra_cks will not. The dlfferent_lal tracks r_epresent dif- With regard to our initial questions, the most important
ferent types of modulation: 1. No pressure modulation. 2. Optimal pressure

modulation. 3. Pressure modulation with reduced overall pressure. 4. Frécjnding of this study is that respiratory movements QUring

quency modulation and pressure modulation are shifted in pk@sahe  trill calls are closely related to the frequency modulation of

figures on the right side show schematic spectrograms that will result frohe trill fundamental frequency. Furthermore. the model pro-

three cycles along the corresponding modulation track8pfDashed lines . . o

in (C) correspond to the dashed partg®) and indicate fictitious frequency pos_ed by Titze1993 for Fhe human is a'S‘? applicable to the

course during silent periods. squirrel monkey. It provides an explanation for the produc-
tion of a large group of different frequency-modulated squir-

rel monkey calls by only two basic mechanisms. It is pro-

con_tinuo_us trill Ca_"; this is exactly what has been ObserVedposed that the animals are able to control and utilize these
during trill calls. Figure 88) shows a well adapte€urve 2 o chanisms for the production of different types of trill
and a maladaptetturves 1, 3 lung pressure-frequency re- calls.
lationship.

By varying the phase relationship between frequency
(frequency is assumed to be directly related to vocal fol*CKNOWLEDGMENTS
tension and VCRM, the model generates either pure upward  The author wants to thank Professor Uwegéns for his
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In this paper boundary element methd@EM) are mated with near-field acoustical holography
(NAH) in order to determine the normal velocity over a large area of a fuselage of a turboprop
airplane from a measurement of the presghodogram on a concentric surface in the interior of the
aircraft. This work represents the first time NAH has been apptiesitu, in-flight. The normal
fuselage velocity was successfully reconstructed at the blade passage fre¢Befgyof the
propeller and its first two harmonics. This reconstructed velocity reveals structure-borne and
airborne sound-transmission paths from the engine to the interior spac00® Acoustical
Society of Americgd.S0001-4966)0)03310-5

PACS numbers: 43.20.Ye, 43.40.At, 43.50.Yw, 43.60ANN ]

I. INTRODUCTION cylindrical cavity was employéd instead of the free-space
Green function normally used in the BEM formulations.
Near-field acoustical holograph¢NAH) has had tre- In the present work BEM and NAH are mated together

mendous success analyzing sources with geometries whieind applied to a propeller-driven aircraft to study, in-flight,
conform closely to one of the separable geometries of théhe fuselage vibration at the blade passage frequéBEY)
acoustic wave equation; for example, planar, cylindrical, ancand its harmonics. This project was intended to demonstrate
spherical geometrigsin these analyses, the pressure fieldthe feasibility of NAH in-flight and represents a cornerstone
radiated or scattered from an object is measured on an imagh efforts to expand NAH to a broad range of industrial
nary surface outsid¢for exterior problemsor inside (for ~ noise-control problems. Similar to rotating tire noise investi-
interior problemg the source. NAH uses this pressure holo-gations, interior noise in a propeller-driven aircraft represents
gram to reconstructan inverse probleimthe pressure and a nonstationary source; that is, one which changes position
normal velocity on the body of the source. The solution ofwith respect to time. Using a scanning microphone system, a
the inverse problem in these geometries relies on expansiqessure hologram can be acquired if measurements are
of the pressure field in terms of a complete set of eigenfunctaken at time increments which correspond to a fixed posi-
tions corresponding to the geometry. The reconstructions argn in space of the rotating source. For the aircraft this fixed
very efficient, requiring only seconds of computation timeposition can be obtained from a synchro-phaser signal from
per frequency. Sources with boundaries which vary appreciahe propeller shaft, and thus data acquisition can be triggered
bly in shape from one of these separable geometries can ladf of it. This trigger corresponds tio=0 for each acquisition
attacked using boundary element meth¢B&M), with a  of time-series data and the BPF and harmonics are extracted
considerable sacrifice in computation time, however. Inverfrom the discrete Fourier transform of this data. This simu-
sion is carried out using the singular value decompositiodates a stationary source and a coherent hologram can be
(SVD), the latter providing the eigenfunctions for the solu- acquired. One benefit of this is the ability to use signal av-
tion to the inverse problem. Original work on this approacheraging at each microphone position to increase the signal-
was by Veronessi and Maynard in the early 198@xten-  to-noise ratio (SNR) of the pressure measurement. The
sion to axisymmetric geometrieddealt with the vibration of ~analysis was done on a Beech 1900D airplane.
point-driven submerged shells. General formulations using
BEM began appearing in the 199?Tsl7.This area is becoming || \IATHEMATICAL FORMULATION
increasingly attractive in commercial industries for both in-
terior and exterior applications. For example, in the automo- ~ We consider two surfaces, the reconstruction surfce
tive industry it is applied to interior noi8€ and tire  (upon which the normal velocity is to be determinechich
noise’®!in musical acoustics to study vibrations of violin- consists of the fuselage and endcap surfaces, and the mea-
family bodies'**® and in the aircraft industry for interior surement surfac,, which represents an imaginary surface
noise!® In the latter case, the Neumann Green function for avhere the microphone measurements are n{ati=lly lo-
cated conformal t&5,) but does not include the bordering,
dpaper presented at the 6th International Congress on Sound and Vibratioﬁl"jm,ar endcaps. The surfgﬁg I,S shown in the upper mosaic
Copenhagen, July 1999. of Fig. 1, and shown patrtially in the lower mosaic, cut out so
PElectronic mail: williams@genah.nrl.navy.mil that the inner surfacg, is displayed. The color coding will
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can be seen in Fig. 1. All the elements were lingrris a
column vector of lengttM made up of 30 axial rings of 43
points each = 1290 field points total These correspond
to the measurement positions of the microphone a(&ac.
V).

Additional pressure measurements were obtained on two
closely spaced vertical planes parallel to and bordering each
endcap so that Euler's equatiofp{ dz= —iwpv) could be
used to approximate the endcap axial velocity distribution,
Ve, Using a finite difference approximation fop/dz. v, is
discretized with 65 elements per enddape Fig. 1 If we
partition the velocity vector as

Uf
v=

Ve

whereu; is the fuselage velocitydoes not include endcaps
and partition

£ Es tiﬁlﬂ:_;[ e i
:uﬁﬁ e .ﬂ.:t'fcx_:n % E H=[H¢ Hel
(8y) (5 ) to match the velocity partitioning, the discretized Helmholtz

equation, Eq(2), now becomes
FIG. 1. Upper mosaic shows the complete fuselémeer surfaceS, . In

the lower mosaic the fuselage surface is cut out so that the pressure mea- pp—Huv=H}v¢, (3
surement surfac§, can be seenS; includes the two endcaps which are
coincident with the endcaps &, . The colors orS, represent the hologram ~ Where the quantities on the left-hand side are all known.

pressure field due to a point source. Red is positive; green is negative; blue  This technique differs slightly from the normal proce-

is zero. The colors oi$, represent the normal velocity field of the point ,,re in which the endcap velocity is not specified. In this

souree. case the pressure hologram would include the outer endcaps,
and the conformal axial velocity would be obtained through

be explained later. The mathematical formulation arises fronthe reconstruction. However, this reconstruction requires in-

the interior form of the Helmholtz integral equation wi#) ~ version of a larger transfer function, increasing the compu-

as the integration surface with interior poinfeld points tation times. Thus, with the objective of speeding up the

denoted byP) specified onS, inversion time the procedure leading to E8) was adopted.
p(Q) 4G(P|Q) As will be seen in _Sec. VI, t_he microphone locations on
ap(P)zj J' ( p(Q) ————|dS,, the endcaps do not line up with the 65 endcap elements.
S, an Thus, the endcap data were interpolated using a two-

(1) dimensional curve fit to generatg at the center of the given
where the poinQeS,, G=e P~Ql/47z|P—Q| (the free-  €lements. Since the endcap data are quite smooth, the inter-
space Green function with time depender®), a=1 if  polation is easily done.

PeS,, ande=1/2if Pe S, and the surface is smooth. Note The transfer functiotd is normalized by division by the
thatS is contained completely within surfa® . The sur- €lement areas so that andv; are actually volume veloci-
face sv in Eq. (1) is discretized using the boundary ties (m°/s); that is, velocity multiplied by the corresponding
element$® shown in Fig. 1. It includes the endcaps as well aselement area. Since the left-hand side of BJ.is known,

the “fuselage” surface, the latter corresponding to the innewe definep,=p,—Hev, and Eq.(3) becomes

surface of the insulation blankets attached to the skin of the P=Hv; . )

real fuselage, not the actual fuselage surface. The boundary ' o
element discretization of Eq1) and ensuing integrations At this point we have assumed thgy, is noise-free so that
converts this equation to a matrix equation. As is standardhis equation holds exactly, that is, to within the precision of
practice in these problems, whéhe S, one can eliminate the BEM. If we assume that the noise encountered during the
p(Q) through matrix manipulationfsresulting in a final lin-  experiment is Gaussian and spatially uncorrelated then, using
ear equation between the measured pressp(®eS,)  atilde over the symbol to represent a quantity with noise,
=py, and the unknown normal velocity; = (i/wp)dp(Q

ESU)/M'] mepm+n:vaf+n! (5)
_H @ where pp(Pm=pPr—Heve) are the in-flight measured data
Pn=Hu, with noisen.

whereH is the complex transfer function obtained from the It should be noted that the elements on the fuselage sur-
elimination process. TheOMET acoustics code from Auto- face(see Fig. ], which includes the floor, represent 30 axial

mated Analysis Corporation was used for the BEM compu+ings of 45 points each, centered at the locations of the pres-
tations. Quadrilateral elements were used over most of theure measurements but offset normally from them by a dis-
structure with some triangular elements on the endcaps, dance of 8.58 cm. These rings include extra elements at the
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floor—sidewall junction so that the pressure-measurement( for the first 36 modesiE1,...,36), we arrive at the
point on the corner is close to two adjacent velocity ele-display shown in Fig. 2. Note that these modes are used for
ments, one on the floor and one on the sidewall joined at thehe decomposition of the pressure vedgr. Although not

corner. If we denote the length of the column veatpasN,
thenN=1350 andH; is a rectangular matrix, 12901350.

displayed, the modes af', used for the decomposition of
the fuselage velocity, are nearly identical t&J" due to

Because of these added elements our transfer function is ngie fact that the hologram and reconstruction surfaces are

square, and we have fewer equations than unknowns.

IIl. INVERSION

The solution for thévolume velocity v on the fuselage
can now be obtained by inversion of E&). This is carried
out using the singular value decompositi®VD) of the
matrix H;. Note that, even though Ed5) represents an

located close together and are nearly conformal. We will
discuss the k-space” nature of these modes in the next
section.

A. " k-space” interpretation of the modes

To study these modes in more detail, we attempt to rep-
resent the modes of Fig. 2 ink“space.” This representation

underdetermined system of equations, the SVD is ideallyesults from Fourier transforming the data in the axiehve
suited to handle this condition; it is not necessary, as isiumberk,=2m7m/L,) and “circumferential”’ (wave number
sometimes claimed, that the number of measurement points,=n/a) directions, the latter approximating the sidewall
equal or exceed the number of reconstruction points. Applyand floor measurement contour as a simple circle of raalius

ing the SVD toH;, givenUeCM*M S eccM*M andVv
e CN*N (M =1290 andN=1350), yields

Hi=U[S 0oM*NvH, (6)
where 3 =diag(oy,09,...0mq) and o;>0,>03,.... Thus,
Eq. (5) becomes

Pm=U[Z 0]V'u;. (7)
U andV are unitary matrices defined by

utu=1,, (8)

VHv=1y, 9

wherel )y, andly are M X M) and (NXN) identity matrices,

respectively, and thél superscript represents the conjugate

transpose of the matrix. Thusl! is the inverse olU. The

singular valuesr are ranked from highest to lowest along the

matrix diagonal. The rows dfit' andV" contain the ortho-

floor surfaces shown in Fig. 1. Each modgrepresents a
row of UM

Um

L, is the axial scan length. For an extensive discussiok of
space, see Ref. 1. A two-dimensional discrete Fourier trans-
form (DFT) can be carried out o) [see Eq(10)] by the
following. Define the elements of the Fourier transform ma-
trix W" as

1
[W“]quﬁezwk—l)(q—lﬂn, k,q=1,2,...n. (11

Then, the operation

Ul =wmy Hwmt, (12)
where T represents the transpose, represents a spatial, two-
dimensional discrete Fourier transform of thé mode
shape,U®). We show the result in Fig. 3 corresponding to

the 36 modes in Fig. 2. We plot the magnitudeldf with
white representing the largest values. Since the spacing in

normal eigenfunctions or “modes” of the SVD decomposi- the axial direction is uniform, the axial DFT provides an

tion. We use the term “modes” loosely here, since it does
not refer to the modes of the cavity, but instead refers to th
two-dimensional pressure or velocity modes of the sidewall

exactk-space representation. The spacing in the circumfer-
ential direction is only nearly uniform, the DFT in this direc-
ion is an approximaté-space representation. We still ex-
pect, however, that a sinusoidal “mode” would be
represented by four white dots on the plfaur exponentials
along with sidelobes due to spectral leakage and nonuniform
spacing as well as a noncircular fuselage contour. This is,
indeed, the dominant characteristic seen in the figure. The
red circle in each plot is the radiation circle, with radius
equal to the acoustic wave number. When the modal wave
number is closest to this circle, the mode is the most efficient

Since each mode spans a two-dimensional surface, Wg,e to the trace matching to interior resonances. As the
can visualizeu; spatially in matrix form by segmenting over jominant modal wave number moves outside the radiation

the two coordinate dimensiorisircumferentiak axial)

mq X'm
Uiz U2 Uz - U 17772
—. Uiz Ujz2 Ujzz - Ujgo
u—uli=| . . . , (10
Uim

circle the mode becomes evanescent, decaying exponentially
from S, to S,, and is associated with smaller singular values
as a result.

IV. REGULARIZATION

We use a truncated regularization for the inversion of

with rows following the axial direction of the fuselage, and Eq. (5). Given the properties dff andV

columns following the circumferential directiofincluding
floor); m;=43 (circumferential and m,=30 (axial) with
m;Xm,=M. Color coding the realand dominantpart of
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Modes 1 =36 of U

FIG. 2. The first 36 mode86 rows of
U") obtained from the SVD oH;.
The modes are ordered by decreasing
singular value from the top left to the
bottom right. The frequency was 103.7
Hz. Red is positive, green negative,
and blue is zero. The mode shapes are
remarkably simple. Modal excitation
coefficients(the participation factor of
each modg are found fromU"p,,.
This operation is perfectly analogous
to a two-dimensional, spatial Fourier
transform of the pressure data, the lat-
ter using a product in each dimension
of e2™™N (m=0,1,..N—1) for the
normal modesn=0,...N—1.

A. Determination of the cutoff

Crucial to the success of the inversion is the correct

(14) choice of the cutoff singular value;. in Eq. (13). Although

there is no unique or best waat this timg of accomplishing

this, we use a method here which has proven successful in
c<M and the reconstructed normal velocity depends on the point-source simulations described below. This method
the noise and the cutoff. The truncated regularization limitgequires a knowledge of the signal-to-noise rd@NR) of
the number of singular values used in the inversion by zerothe data. Once known, we create a simulated datawset (
ing out the remaining elements (&~ 0, wherei>c). There  given) with the same SNR and determine the minimum error
are many other approaches to regularizatioffwhich is an  solution||v;—7¢| with respect to the cutoff singular value.
extremely important subject, but we will not discuss themThe cutoff singular value determined in this fashion is then
here and reserve analysis for a future paper. The truncatiomsed for the regularization of the in-flight data set.
method simulates a rectangular spatial wave number filter,  Of course, we must know the SNR of the experimental
eliminating modes with increasingly smaller spatial frequen-data. Since it is not knowa priori, then we estimate it in the
cies (increasing in evanescences can be seen in Fig. 3. following fashion. First, assume that the noise is Gaussian
Due to the ordering of the singular values, the modes argiith a variance ofo, spatially uncorrelated. Out of thie!
ordered essentially by radiation efficiency. The most efficiensingular vectors ofJ™ we select the last of these, corre-
modes are due to cavity resonan¢es amplifications when sponding to the smallest singular values. That is, we par-
off resonancgof the surfaces, , in which case the dominant tition U™ as
wavelength of the mode tends to trace match the acoustic
wavelength. As the modal wavelength increases or decreases
beyond the acoustic wavelength the efficiency decreases, as
can be seen by the ordering of modes in Fig. 3. It is not
surprising then that the “dc” modal wavelength correspondSNhereU? eCM-axM andug e C9*M, We determine the last
to the 18th singular value. g modal coefficients of the pressure by multiplication of Eq.

Uy
U2

, (15
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FIG. 3. Modes transformed intok’
space.” The magnitude dﬂiF for the
first 36 modesi(=1,...,36) ordered as
in Fig. 2. The largest value is repre-
sented by white, and the smallest by
black. The red circle represents the lo-
cation of the radiation circle/ellipse
(radius is the acoustic wave numher

(5) by Ug , then Computing the 2-norm and the expectaﬁ)n Although it may not be obvious at first glance, the sec-
of the result ond term in Eq.17) is much less than the first and can be

ignored as long ag is not too large. Physically there is a
E[|USN|21=E[|USPm— USHw 2] (16)  simple interpretation. The modal excitation coefficievi§s
of the lastq modes of the surface vibration are highly attenu-
ated in amplitude when propagated to the hologram surface
E[|USn|?]1=0? T U,UY1=q0?, due to the multiplication with the small singular values. The
. i modal excitation coefficienti;)?bm of the noisy pressure
where Tr represents the trace of a matrix. Evaluating thgjgna) are excessively large due to the presence of noise, and

Since the noise is spatially uncorrelated,

right-hand side of Eq(16) we obtain, using Eq(6), thus dominate the former.
q02=E[||U5'T)m||2]+||22V§vf|\2, (17) Returning to Eq(17), we now have an estimate of the
noise given that the second term is negligible
where the matrix/, and diagonal matrix., arise from the 5 H= 12
following definitions: o*~E[[|Uzpnll*)/a. (19
VH For any particular experiment we have only one point in the
! 5, 0 ensemble with which to determine the expectatibrHow-
VH= VE' and Ez[ 0 s } (18 ever, if we view each eigenvector as an independent estimate
vH 2 of o?~|u;pm|2 whereM —q+1<i<M, then|UYP,/?/q in

. Ny 9y y Eq. (19) approximates an ensemble averageqoévents.
given VilecM N ViectN - VEecNMXN S Thus, we have for sufficiently smad
eCM~9*M=d and3, e C%°9 which define the partitionings.

Note that o?~||U5Pnl*/q. (20
o 0 0 This result is not new. HansEhindicates thafu;py|

M-a+l “levels off at” o and for the overdetermined systerv (

s - 0 Om-—q+2 0 O >N) 1h?° has proven that Eq(19) is true exactly. In his
2 : : : o |’ proof he uses the fact that tlig=M — N eigenvectors ofJ

0 0 0 oy form a null space and thus the surface velocity associated
with them is null, that is, zerdThe second term in Eq17)
a diagonal matrix containing the lagtsingular values. does not appedr.
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FIG. 4. RMSE(rms erroj versus number of singular values used in the
reconstruction for the normal velocity on the fuselage surface for an exterior
point source with no noise.

Using Eq.(20), the SNR of the data can be estimated. If FiG. 5. The real part of the reconstructed normal velocity field due to an

we define the SNRS,, as exterior point source compared with the exact solutimmthe righj. Red is
positive, green negative. The location of the point source is shown.

_ B o

o’ sponding largeE°. Thus, it is important to select an exterior

then source configuration consistent with the actual experiment.

[Pl V. SYNTHETIC HOLOGRAM DATA TESTS
S~a RN (22

2Pm The synthetic hologram data are also used to gain some
Now, we can return to the issue of finding the cutoff singularexperience with the inversion process and to check the com-
value o for the inversion of Eq(13). puter programs used for the data inversion. This check

To determineo, we replace the in-flight data with syn- Proved invaluable in the debugging phase of this research.
thetic h0|ogram data, generated by p|acing a point source at Two cases were studied for the pOint-SOUrce simulations:
the location of one of the aircraft engines, and treating thé>n€ with no noise, and a second with random Gaussian noise
structure as completely transparent. That is, the surfages added to the pressure hologram at same level as the in-flight
andS, of Fig. 1 are placed in a free field, a homogeneousexperiment. Using E13), the fuselage normal velocity was
space with only the point source present. A synthetic holofeconstructed for the number of singular values which led to
gram {,,) is generated with the same SNBomputed from ~Minimum error compared with the exact result through Eq.
Eq.(22)] as the in-flight data. Using EGL3), the regularized  (23). Figure 4 shows the error as a function of the number of
reconstructionv$ is determined for a givert. This is re- singular values kept in the reconstruction for the no-noise
peated for different values af until the minimum error is ~ case. The minimum error occurred with 960 singular values
found. The percent error is defined using the vector 2-nornithe maximum number of singular values was 12%dgure
as 1 shows the pressure field due to the point source on the

hologram surface located within the fuselage reconstruction
[0F—vll surface.
lodl (23 The reconstructed normal velocity fie{ldsing 960 sin-

) o ~gular valuey is shown in Fig. 5 compared with the exact
wherev; is the known normal velocity field from the point

source. Withc determined from Eq(23) by the minimum

error solution, this value is used for the in-flight data regu- 4

larization. We will show some examples in the next section. L
In general, any exterior source configuration can be usecy

for generation of the synthetic hologram data, siktein Em|

E°=100

Eq. (5) is completely independent of the source structure, asg

long as we do not place any sourosihin S,. We found  ©'%}

that moving the point source to different positions above the | S

fuselage/floor showed very little change dnfor the mini- 0 3 10,15,%0 25 30

mum error solution. However, it was found that if the source o

was placed too closé distance equal to the Iength of two FIG. 6 Th_e real part of the reco_nstructed normal _velocny_ field due_ to an
. .. . exterior point source compared with the exact solufmmthe righj. Red is

aX"':}I elementsto S, , the minimum solution Of Eq(23) for positive, green negative. The total erf@q. (23)] was 11.7%. This mini-

a given SNR overestimated the value @fwith a corre-  mum error occurred with 960 singular values.
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FIG. 9. Fuselage normal velocity reconstructireal parj versus exact
solution(on the right using 115 singular values in the inversigminimum

FIG. 7. The real part of the reconstructed normal velo@tlid curve field  error solution. Comparison with Fig. 6 shows that the reconstruction has
compared with the exact solutidgdashed curvefor the eighth axial station.  degraded somewhat. The rms error has increased to 30%.

The horizontal axis is the circumferential position with the floor located

between 26 and 3&shifted from location in Fig. 6

dealing with inverse problems and the discretizations inher-

ent in the BEM model.
field on the right. The normal velocity on the endaegpwas It is perhaps surprising that some regularization was re-
specified as input in the reconstructisee Eq.(3)]. Notice  quired with no noise in the pressure data. This is due to the
the slight differences near the junction of the floor and thefact thatp,, is derived exactly from the point-source model,
sidewall, where the normal velocity is discontinuous due tonot through Eq(4). Thus, in the reconstruction of; slight
the discontinuity in the normal to the surface. We will seeinaccuracies irH; from the BEM model appear as “noise”
below that this is due to the Gibbs phenomenon, perfectlyn the inversion.
analogous to that which arises from the Fourier transform of
a discpntinuous function. The total error, as defined by Eqa_ synthetic hologram data tests with noise added
(23) with c=960, was 11.7%. . . . .

Figure 6 is another display of the reconstruction com- To simulate the noise IeveI. expected in the in-flight hc_)—
pared to the exact answer, unwrapping the surface shown {R9ram, random Gaussian noise was added to the point-
Fig. 5. The endcaps are not shown, however. The agreemedurce hologram with a 35-dB SNR and the reconstructions
is not perfect. One can understand the comparison better ¥{€re carried out as before. To.flnd the optimum sollutlgn, the
the line plot shown in Fig. 7, which plots the reconstructionSingular value cutoff was varied from 10 to 500 in incre-
compared to the exact resutiashed curvefor the eighth ments of 5. Figure 8 shows the result indicating that the best
axial station. Agreement is excellent except near theolution(with minimum rms errorwas found using 115 sin-
sidewall—floor junction, where the reconstruction tends tgdular values in the inversion. In order to determine the fuse-
overshoot the exact result. Furthermore, the oscillations ar&g€ velocity from Eq(13), the singular values above 115
reminiscent of the Gibbs effect from Fourier transformWere all set to zero, corresponding to using only 115 modes
theory. This effect will become much more obvious below in©f the pressure and velocity basis functiofiShe first 36
the reconstruction of the hologram with noise. The rms errof0des of the pressure basis function were shown in Fjg. 2.
between the two curves is 10.8%. If one excludes the regions 1 N€ reconstruction of the normal velocity is shown in
of discontinuity in the error calculation, the total error is Fig- 9 compared to the exact resiin the right. Compari-
reduced by approximately a factor of 2. It is unlikely that the SON {0 Fig. 6 indicates that the reconstruction has degraded a

error can ever be much lower than this, a fact of life whenPit. The details of this degradation become clear in Fig. 10,
which shows a comparison of the reconstruction with truth

% RMSE vs SV cut for the eighth axial positioffas in Fig. 7. Now the disagree-

Yoerror 34.7dB SNR-103.7 Hz ment clearly looks like a Gibbs effect, especially in the floor
80 I | | region.
70 Minimum at 115
60 \ v m's  Normal Vel. (8th Axial Position)
50 A )

\ L : —— NAH
40 N // === Exact
30 r ~— 2
20 l s
10 [

SV y Circumfer.
400 LT ! . o
50 100 150 200 250 300 350 ]P M E,W 4P Position

FIG. 8. rms error versus the number of singular values used in the inversion
of the transfer function. The best solution occurred using 115 singular valFIG. 10. Reconstruction versus exact solution again for the eighth axial
ues. position, as was done for Fig. 7. The Gibbs effect is very evident.

1457 J. Acoust. Soc. Am., Vol. 108, No. 4, October 2000 Williams et al.: Interior NAH in flight 1457



RMS Sound Pressure Level
120 T T T T T T T T l

100F -

8 | o
& | ,, [ j Iy :
L Wit ‘
a0l ‘&‘a N ' “ b E
Ihll I'I||_:‘| i .'9‘( :
SRR T T R hi
00 1 (‘)0 2(‘)0 360 460 5&0 64')0 7(110 8(;0 960 1000
Freq (Hz)
FIG. 11. The Beech 1900D experimental airciaf€1). FIG. 13. The rms spatial average over the interior passenger cabin of the

Beech 1900D displayed in units of sound-pressure 165EL). Also shown
is the nominal noise floor as measured in the prop pldnepped by 20 dB
. . . to allow for detail of rms curve to be seen

An important conclusion from the reconstructions of the o

point source with and without noise is that a large part of the

: L |. THE IN-FLIGHT MEASUREMENT AND
error in the reconstruction is due to the overshoot caused b%ECONSTRUCTION

the Gibbs effect. This results from using modes which mus
represent the normal velocity on the sidewall and at the same The experimental exercise involved a highly spatially
time the floor. Since the modes are continuous from the sidesampled pressure measurement on the interior of a Beech
wall to the floor, they do a poor job at representing the dis-1900D (UE1) shown in Fig. 11. The experiment was con-
continuity in normal velocity. In the next section we will ducted at a speed of 218 kn and at an altitude of 16 000 ft.
discuss the in-flight hologram acquision and its reconstrucThis is a standard operating condition of the aircraft with a
tion. propeller shaft speed of 1550 rpm and an engine torque of

FIG. 12. Microphone boom consisting
of a planar array of 55 microphones,
43 microphones on the outer ring and
12 in the internal region spaced to
cover the internal area efficiently. The
boom was moved on a linear traverser
to 32 different axial locations during
the experiment(5.12 m total scan
length, maximum width and height
were 1.36 and 1.68 m, respectively
Time-domain data were acquired with
a sample rate of 5 kHz and were pro-
cessed at the BPF and its harmonics.
The total acquisition time for the data
scan was 66 min. The pressure data at
axial stations 1, 2 and 31, 32 were
used to compute the axial velocity on
the endcaps, in Eg2) using a finite
difference approximation to Euler's
equation.
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FIG. 14. The hologram pressure, looking aft, measured at 103.7 Hz usin
the outer 43 microphones of the array, acquired during the in-flight experi

the pressure data which constitute the hologram. Before the
flight, each microphone was calibrated with a specially de-
signed benchtop calibrator and the calibration curves for am-
plitude and phase were stored in a computer so that they
could be applied to the in-flight data. The insert in Fig. 12
shows a drawing of the array and to the left the photograph
shows this array mounted in the aircraft interior, looking aft.
The caption describes some of the details of the experiment.
Also note that in the scan area the seats and trim panels are
removed. The aircraft’s insulation material is intact, and the
internal structural complexitfframes, stringers, windows,
and flooring of the plane are left unmodified.

A number of steps were necessary in order to acquire a
stable, coherent pressure field over the length of the scan
during the in-flight measurement. First, the acquisition trig-
ger was synchronized with the propeller shaft position by
using the syncro-phaser signal which is part of the aircraft’'s
standard instrumentation for controlling the phase between
the dual turboprops. Thus, the=0 starting point for the
time-domain data always occurs at a an identical blade posi-
tion. This allows for signal averaging. The averaged time-
domain data are Fourier transformed and the corresponding
frequency bins for the BPF and harmonics are selected to
create the holograms. The second important step involved
fiormalizing the pressure hologram with the fuselage wall

ment. The real part of the field is plotted after the phase of all the data in th@CC€leration in order to increase coherence of the data. This
hologram was shifted by a fixed amount so that the maximum pressure levelcceleration was measured, simultaneously with the pressure
has zero phasevas only real. One can see that the pressure is 180 deg outyata at a location near the intersection of the vertical and

of phase on either side of the aircraft. The quality of the data is outstandin
The smoothness of the pressure is proof that the synchro-phaser was

%prizontal prop planes at the center of the thin-walled panel

excellent time reference for the triggering of the data acquisition system. area. The stationary of this transfer functiéa/g amplitude

improved nominally by a factor of 2 to 3 and the phase by a

3400 ftlb. The cabin was internally pressurized to a pressuréactor of 6 to 8 over the first three harmonics of the BPF as
differential of 5 psi and the flight occurred on a clear daycompared to the unnormalized pressure data in the prop

with relatively smooth conditions.
A scanning boom with 55 microphondModal Shop

plane. Finally, to further reduce fluctuations caused by minor
turbulence of the flight, data were acquired with 28 time-

ICP 130A10, mounted in the vertical plane, traversed thedomain averages for each microphone position.
interior space of the Beech 1900D passenger cabin to acquire The rms spatially averaged interior response is shown in

Marm, Vel Reconstruction
115 Mades, 20 dB Range

FIG. 15. Magnitude on a decibel scale
of the reconstructed normal velocity at
103.7 Hz looking aft. Only the top 20
dB of data is shown as indicated by
the color bar. The velocity is normal-
ized by the velocity of an accelerom-
eter located on a fuselage panel in the
prop plane. The unwrapped display on
the right indicates the positions of the
windows and some of the major
frames as well as the location of the
floor and spar(support between the
wings).

-19 9 (B Level)
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Noam, Vel. Reconstruction
2410 Modes, 20 dB Range

FIG. 16. Magnitude in dB of the nor-
mal velocity reconstruction for the
first overtone of the BPF, at 207 Hz.
The top 20 dB of data is displayed.
The highest vibration levels are just in
front of the propeller planélatter in-
dicated by vertical dashed lineThe
floor just in front of the spar also ap-
pears to be vibrating at a high level.

Fig. 13. This average was taken over 55 locations in theversion. Equation13) was used and 115 singular values (
vertical plane and 32 axial positions for a total of 1760 data=115) were taken for the inversion as determined from the
points. The fundamental BPF can be seen at 103.7 Hz alongpint-source simulatiofresult shown in Fig. 8 This corre-
with its higher harmonics. The smaller spikg® dB down  sponded to cutting off the singular values at 34.7 dB below
seen at quarter intervals between the blade passage harmdhe rms hologram pressure.

ics are due to slight differences in the dual, four-blade tur-  In Fig. 15 the propeller plane is indicated by a dashed,
boprops. The backgroundow-dominated noise was mea- vertical yellow line in the unwrapped mosaic at the right of
sured by setting the engine to idle and feathering the propshe figure, which corresponds to the front of the reconstruc-
(In order to maintain a constant speed, the aircraft wasion in the left mosaic. Also, some of the major structural
placed in a moderate diyeThe noise curve is offseglow-  components are indicated in black in the mosaic including
ered by 20 dB to allow for the detail of the rms curve to be windows and major frames. Note that the floor is horizontal
seen. Also note that the noise is averaged over the 55 posiear the top of the mosaic. The highest vibration leyeds)
tions in the prop plane and not the entire scan. Signal-toare seen in the prop plane, with large vibration levels located
noise ratios of around 40 dB can be seen at the fundamentphysically higher on the sidewall on the copilot side of the
harmonic, decreasing slightly for the next two harmonics.aircraft than on the pilot side. The asymmetry of the panel
These ratios are sufficient for interior holographic projec-vibrations in the prop plane is consistent with other measure-
tions, as we will see in the next section. ments made on the exterior of this aircraft in previous
experiment€! On the floor there appears to be an axial line
of vibration coinciding with the seating track supports.

The pressure hologram was generated from a Fourier The reconstruction of the normal velocity at the first
transform of the time-domain data acquired during the exovertone(207.5 H2 of the BPF is shown in Fig. 16, where
periment, choosing the frequency bins corresponding to thehe magnitude in dB is plotted. Using EQO0) the SNR was
BPF signal and its harmonics. The resulting pressure holodetermined to be 29.3 dB. The point-source simulations pre-
gram for the first frequenc{103.7 H2 is shown in Fig. 14.

For the experiment, the actual solution to the inverse
problem is not known. We estimate the cutoff for the singu- dB
lar values in Eqg.(13) as described in Sec. IV above. As 10 E— - —1—
described, this technique is based on an estimate of the SNI
in the in-flight hologram, then using the same SNR for a
point-source synthetic hologram, and finally determination of ~
the cutoff for the minimum error solution of the latter case. - 20

We first present the reconstruction of the normal veloc- _ 3 |
ity for the BPF at 103.7 Hz. The reconstruction boundary is
the exposed surface of the fuselage insulatibe white ar-
eas between the frames in Fig)1®cated 8.59 cm from the =30
hologram surface. The actual skin of the fuselage was 12.4

cm from the hOlOgra_m surface. Figure 15 ShOWS the ma.gniFlG. 17. The first 300 singular values for each frequency. The vertical scale
tude of normal velocity reconstruction resulting from the in-is 20log,o/pc.

A. Reconstruction of the fuselage normal velocity

mode #
50 100 150 200 250 300

307 Hy, 310 Hz

-4i)
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'ﬁ:‘;;’:'ﬁ‘f;};\Rlzﬂ:n;_:'_lrr-m The real part of the normal velocity which provides the
L phase of the vibration is shown in Fig. 18. Now it is clear
that the floor vibration in front of the spdi5 on the hori-
zontal axis in the figureis out of phasgas in a rocking
motion), whereas the vibration in front of the spar represents
a structure-borne path from the propelismce the engines
are mounted on the wingsthe vibration in the prop plane is
caused by the airborne path directly from the blades. The
uncovering of the structure-borne transmission path is per-
haps the strongest tribute to the accuracy of the NAH-BEM
effort. Unfortunately, without surface-mounted accelerom-
eters, one must look to the correlation with structural details
to provide confidence in the NAH reconstructions. Also, it
can be seen that the fuselage panels in the propeller plane are
vibrating in opposite phase across the horizontal strifiger
cation 27 on the vertical aXis

The last two figures provide the normal velocity recon-
structions at the second overtone of the B@#0.7 H2.
Figure 19 provides the magnitude in dB of the reconstruc-
tion, and Fig. 20 the real and imaginary parts of the normal
FIG. 18. Same as Fig. 16 except the real part of the reconstruction is disyelocity reconstruction. The SNR was determined to be 32.0
played instead of the logarithmic magnitudes. dB using Eq.(20). The minimum error for the point-source

simulation matching this SNR gawe=300 singular values.
dicted the minimum error solutiof26.099 atc=240 singu- Thus, 300 modessingular valueswere used in the recon-
lar values. Thus, 240 modes were used in the reconstructicstruction of the in-flight hologram.
of the in-flight data. Consideration of Fig. 17, which plots The reconstruction of the normal velocity field, shown in
20logpoi/pc for each of the three frequencies, indicatesFig. 20, shows much more concentration in the regions
that as the frequency increases more modes participate ataaound the propeller plane than at the two lower frequencies.
given SNR. This is similar in concept to a plate radiator, inThis is not surprising since one expects that as the frequency
which case the number of modes participating in radiatiorincreases the individual fuselage panels will be excited in-
increases with frequency. Examining the reconstruction irstead of the structure as a whole.
Fig. 16, compared with the BPF reconstruction in Fig. 15, In general, we found that the reconstructions shown in
the vibration levels are more confined to the front of theFigs. 15, 16, and 19 were quite insensitive to moderate
aircraft, with the highest levels in front of the propeller changes in the number of singular values below the cutoff.
plane, as indicated. The floor in front of the sjpaing sup- For example, reconstruction using 150 singular values in-
port) can be seen vibrating in a rocking fashi@s will be-  stead of 115 for the BPF produces only small changes in the
come clear in the next figuye reconstruction, with the maximum levels in each remaining

40 |
|

1]

g |

10 |

Norm, Vel. Reconstruction
208 Modes. 20 dB Range

FIG. 19. Normal velocity reconstruc-
tion at 310.7 Hz, the second overtone
of the BPF. 20 dB of data is shown.

3 {dB Level) -13
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Nosm. Vel Beconstmuction Norm. Vel. Reconstructbon
208 Maodes, Real Pars 208 Modes, lmag. Part

FIG. 20. Same as Fig. 19 except the
real and imaginary parts of the recon-
struction are displayed instead of the
logarithmic magnitude.

i 5 1 15 20 % a0

nearly the same. This is an important and reassuring resulEg. (1) instead of the second, in the BEM approach. With the

forgiving of small errors in the estimation of the cutodf, . resulting pressure reconstruction taken on two close concen-
tric surfaces, the normal velocity can then be obtained
VIl. CONCLUSIONS through Euler’s equation. This approach then will avoid any

o ) Gibbs problems, although it requires the computation of a
The in-flight hologram and reconstruction were very second transfer function.

successful. The correlation of reconstructed high-velocity re-

gions to actual structural details of the fuselage provides & ckNOWLEDGMENTS
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Many acoustic problemgespecially in environmental acousticswvolve half-space domains
bounded by a plane subjected to normal admittance boundary conditions. In the “low” frequency
domain, the numerical treatment of such problems usually relies on boundary element methods
based on a particular Green'’s function suited for the fadittance plane. In the present paper,

an alternative hybrid finite/infinite element scheme is proposed. The method relies on a direct
treatment of nonhomogeneous boundary conditions along infinite element @igeses. The
procedure is validated through comparisons with an available reference soluti@e0®
Acoustical Society of AmericfS0001-4966)0)03210-0

PACS numbers: 43.20.El, 43.20.Fn, 43.20.Rz, 43.50AB{N ]

I. INTRODUCTION last decade in order to apply domain-based technidjiles
finite element methodgo exterior acoustic problent§.This

Exterior acoustic problems are frequently referring toincludes the development of mixed finite element/boundary
propagation of sources in half-spaces. Such problems are, felement formulations, the use of various absorbing boundary
instance, encountered in environmental acoustiesign of  conditions, and, more recently, the development of higher-
noise barriersand require the handling of particular bound- order methods (like Dirichlet-to-Neuman formulations
ary conditions along the related half-plane. If this plane is(DtN),!! for example@. In this “domain- based” context, in-
either a “rigid” boundary (which enforces a zero normal finite element method$ appear as a natural extension of
velocity) or a “soft” boundary (which enforces a zero pres- finite element methods: instead of truncating the acoustic
sure, the problem can easily be solved using symmetry odomain and enforcing an appropriate boundary condition at a
antisymmetry considerations, respectively. Most practicafinite distance, infinite element methods rely on the full spa-
applications, however, involve finite normal admittance val-tial discretization of the original problem and the selection of
ues along the half-planéwhich coincides with a road or appropriate interpolation schemes for the outer region. Vari-
grass surface for exampldn such circumstances, the solu- ous infinite element schemiésre currently available for that
tion of the acoustic problem cannot fully rely on symmetry purpose. Their convergence properties have been investi-
or antisymmetry considerations. gated systematically during the last few yeHr§’ Numerical

A boundary element solution scheme which avoids dis-studies®® have shown the computational efficiency of infi-
cretization of the half-plane can be built starting from a suit-nite element formulations vs boundary element solutions.
able boundary integral representatfor.This requirement This efficiency results mainly from the fact that related ma-
enforces the use of the specific Green’s funétibwhich  trices, although of larger size, have an attractive sparse struc-
corresponds to the solution of the Helmholtz equation for aure which leads to superior computational performances for
point source radiating in a half-space. The selection of such a wide class of direct and iterative solvers.
Green’s function allows setting up a boundary integral rep-  The present paper shows how to extend a conjugated
resentation which does not involve the half-plane boundanynfinite element formulatiol#*” in order to handle acoustic
anymore. After discretization, this leads to a further reducpropagation above an admittance plane. The basis of this
tion of the problem’s size. The implementation of such adevelopment is the multipole expansion of the solution of the
boundary element solution is penalized, however, by the adHelmholtz equation outside a reguléspherical, prolate/
ditional complexity of the specific Green’s function. As key oblate spheroidal, ellipsoidaburface in afree space. This
ingredients in a boundary element context, appropriate nuexpansion is selected as a basis for the half-space problem.
merical integration techniques have to be selected for harFhe weak variational form of the half-space problem refers
dling related singularities. to a boundary integral along the unbounded half-plane. This

On the other hand, much effort has been spent during thixtegral involves prescribed normal admittance values and/or
incident pressures and their normal gradients. The handling
3Electronic mail: jean-pierre.coyette @fft.be of this integral in a finiteconjugated infinite element
DElectronic mail: vandennieuwenhof@gc.ucl.ac.be method is described. An example involving a single source is
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Q=0Q,uU Q, space. The total acoustic pressure field can be presented as
Q the sum of this incident fielg; and a scattered field

P=Ppi+Ps- )

Sincep; is assumed to satisfy the Helmholtz equation in a
free space, the scattered componengtis also a solution of
the following Helmholtz equation:

T Apot+k2p.=0 in Q, 6)

with boundary conditions resulting from the substitution of

H” Tn Eq. (5) into Egs.(2) and(3) (wherea is assumed to be zero
*n without any loss of generality
FIG. 1. Acoustic radiation problem in a half-space. dps/on=—ikBps+y along T'y, (7)
dps/on=mn along I'g, (8

selected in order to show the efficiency of the proposed ap-
proach and to illustrate the convergence process. Referen¥diere

is made to an available qnalytical solut@on. A very good y=—ikBp;—ap;/dn, (9)
agreement between numerical and analytical solutions is ob-
tained. n=—adp;lin. (10

The Sommerfeld radiation condition also applies to the scat-

tering problem
Il. PROBLEM STATEMENT

] ) r(dpg/or+ikpg)—0 as r—oo, (11
The exterior acoustic problem related to a half-space can

be formulated in a radiation context or in a scattering con-
text. These two problems atebviously closely related but IIl. VARIATIONAL STATEMENT
lead to slight differences for half-plane boundary terms in-  variational formulations of exterior radiation and scat-
VOlVed in the Weak Variational form and, therefore, in thetering probiems can be obtained fo"owing a formai proce_
related infinite element model. For these reasons, we staire given by Gerdéd* for both conjugated and unconju-
separately the radiation and the scattering problem. BotQated methods. Basically, the procedure refers initially to a
problems are formulated assuming a time-harmonic depenruncated exterior domaift.,, whose “radial” extension can
dence £"'"). be controlled. In the present conjugated infinite element con-
A. Radiation problem text, the Helmholtz equation is multiplied by the conjugate
of a test functiorg and integrated over the truncated domain.
il After integration by parts, this results in a sesquilinear form.
equation in a 3D half-space domalih bounded by a plane |noduction of the Sommerfeld radiation condition along the
I'y and a finite boundary'e (Fig. 1) outer boundary of the truncated domain and investigation of
Ap+k?p=0 in Q, (1)  the limit case wher{),— () shows that_? integrability re-
quirements fop and Vp needs some cautidi.This aspect
is usually examined through a suitable partition of the acous-
tic domain{) into an inner regiorf); and an outer regiof)

The problem is to solve ththomogeneoysHelmholtz

wherep is the acoustic pressure akds the acoustic wave
number k= w/c with w=circular frequency and=speed of

sound. N (Fig. 1)
In the present case, the boundary conditions are
. 0=0,UQ,. (12
aplan=—ikBp along I'y, (2
In the present case, test functiomef orderO(r ~3) are
dp/on=a along Ik, (3 selected for the outer regiof,. This particular choice

where is the specific normal admittanc@€A, pc) along  doesn’t allow the explicit retention of the Sommerfeld radia-

FH’ a iS a prescribed normai pressure gradim induced tion Condition in the Weak formulation. The Condition iS

by a normai acceieration aiong the Vibrating boundﬁﬁy' therefore directly incorporated in the deﬂnition Of the fO||0W-

andn is the unit outward normal along=T"UT¢. ing weighted Sobolev spads;, () ={p:||p|l3 <2} with the
These boundary conditions are supplemented by the s@orm||p|ly, corresponding to the inner product

called “Sommerfeld” radiation condition in order to allow

— — J
only outgoing waves at infinity (p,q)&,:i (wpq+wVp-Vq)dQ+i (9—?+ikp
Q Q
r(oplor+ikp)—0 as r—oo, (4)
q
B. Scattering problem X| o, Tika|dQ, (13

The scattering problem is formulated by referring towhere the weighiv(x) is defined as 17 in the outer domain
acoustic sources that create an incident figldin a free  and 1 in the inner domain. A dual weight* (x) (equal tor?
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in the outer domain and 1 in the inner domais also de-
fined. With these functional settings, the weak form of the
exterior problem reads as

Find pe HL(Q) such that

f Vp-vadﬂ—sz pqdQ
QO Q

f —qu quHW*(Q) (14

The variational form is now elaborated for the half-
space radiation and scattering problems.

A. Variational form of the radiation problem

The weak variational form of Eq1) subjected to Egs.
(2) and(3) reads as

FIG. 2. Numbering of pressure DOFS within an infinite element.

J’ Vp-VadQ—sz pEdQJrikJ Bpq dr’ face enclosing the active “sources.” Such a solution can be
Q Q Ty expressed as an infinite sum in any suitable coordinate sys-
. . tem (spherical, spheroidal, or ellipsoidal coordinates can
=f aqdl’ Vqge H\}V*(Q). (15 conveniently be used
Te
The last integral of the left-hand side refers to the boundary (g, ¢)= _'er ”(0 ¢) (17)

(half-) plane with the prescribed normal admittance bound-
ary condition, while the right-hand side integral is related to

- - where r is a radial coordinate and, ) are angular coordi-
the Neumann condition along the finite bounddty. The e

previous functional space settings ensures the integrability of |+ is clear that such an expansion satisfegriori the

pq alongl'y if B has a finite value. Sommerfeld radiation condition. Moreover, this series con-
verges absolutely and uniformly outside the canonical

B. Variational form of the scattering problem surface'® The infinite interpolation scheme can rely on a

The weak variational form of Eq(6) subjected to Egs. truncated version of Eq17) (including all terms up to order

m)

(7) and (8) reads as

_ _ _ K n(g 7])
f Vp. Vg dQ—sz Peq dQ+ikf Bp.q dT p(r.&m)~e™ rz (18)
Q Q Iy

The above relation supports a particular interpolation scheme
:f nadlwrf yqdl' Vqge H&V*(Q)_ (16)  where angular variations are described by a set of conven-
Te Iy tional (“finite” ) polynomial functionsN2 (expressed in
The same conclusion hold for this form: all boundary inte-terms of two local coordinate$ and 7) while radial varia-

grals are well posed if one refers to the related weightedions (supported by functiond\,) require an expansion in
Sobolev spaces. terms of(1/r) weighted by the complex exponentia (<"

which acts as a phase factor.
In a concise form, trial infinite functions can be ex-

IV. FINITE/INFINITE ELEMENT MODEL
pressed as

A. Selection of trial functions

The discrete model is based on a finite/infinite element p(r,g,n)z_z N;(r,& 7K Py, (19
scheme. Finite elements are selected for the inner dofdain =1
while infinite elements are used for the outer dom&iy. where P; are the nodal parametefsvhich reduce to the
Conventional polynomial trial functions support the deriva-nodal pressures along the interface with the inner domain
tion of finite elements. Serendipity elements have been useonly) given by
in the present study. The selection of trial functions for infi- p.—p 20
nite elements requires some caution since these functions ~/ = #¥’
have to fulfill the above integrability requirements along theand
unbounded exterior domain. The selection of a suitable in- ) roiana
terpolation scheme for infinite elements results from the ex- Nj(r. & k)= N, (FION,(£,7), (21)
amination of the exact solution of the Helmholtz problemwith j=(v—1)m+u, ©=2123...m, »=123...n and
outside a regulatspherical, spheroidal, or ellipsoidadur- N=nXm.

1466 J. Acoust. Soc. Am., Vol. 108, No. 4, October 2000 J.-P. Coyette and B. Van den Nieuwenhof: Half-space Infinite elements 1466



z Receiver Im(y) Im(y)

(r.2)

>

Source 4
Zy I

r
Zo I o I—admittance plane

r 3

Re(y) N Re(y)

(a) (b)

FIG. 4. Integration paths in the plane:(a) L contour;(b) steepest descent

FIG. 3. Spherical source and receiver positions in a half-space bounded bcyontour.

a plane with a specific admittance.

i . b= Q. + Q. .
The numbering of pressure degrees of freed®@@FS Scattering problem: bs frFan dr erst dr
within an infinite element is illustrated in Fig. 2. (29

e ; "
FunctionsN,(¢, ) are conventional serendipity interpo- | o easily be shown by substitution of the above expres-

lation functions along the finite directions, whiNg,(r;k) are  gjons of test and trial functions within E67) that matrixA

radial intlerpolation fupctions related to the truncated form Ofcan be split into the following form:
the multipole expansion

A 5 A(K)=Ag+ikA (k) —k3A,, (30
N’ (r;ik)=e T =TINT (1), (22)

where matricef\y and A, are frequency independent while

WhereNL(r) is a polynomial of order m iitil/r) andr , is the  A; is frequency dependent if the boundary admittafioear-

radial distance at element basehich is introduced in order ies with k. This particular feature of the selected conjugated

to preserve continuity with adjacent finite elements infinite element formulation offers several advantagese
Refs. 18 and 19 for more detgildt leads to a straightfor-
ward extension to time-domain analySithrough the formal

B. Selection of test functions application of an inverse Fourier transform to Eg6), at

. . - ... least if matrixA is not frequency dependent.
Test functions can be presented in a similar way. Within . q y dep

finite elements, test functions are identical to trial functions
while they are given by the following relation within infinite D. Evaluation of boundary integrals

elements: As can be seen from inspection of Eq27) and (29),

Qj(r,g,n;k)=QL(r;k)Q?j(§,n), (23 normal admittance boundary conditions along the half-plane
I'y influence both the matrix operat@or radiation and scat-
tering problemsand the right-hand-side vectéat least for
Q3(&,7)=N3(&,7), (24) scattering problemsThe evaluation of related boundary in-
tegrals could proceed as follows. First, the contribution to

where

and matrix A can be rewritten as
QL(r;k)=(1r?)N}(r;k). (25) B -
k[ paar=ik [ psn.6Qr
Ty Ty
C. Discrete system X Ni,(&,d))NL,(r;k)dI‘, (31
The discrete system of equations then appears in th\‘fx‘/heres=(v—1)m+ﬂ andt=(»'—1)m+pu’ .
form Using Egs. (22) and (25, one can easily rewrite
A(K)P=nb, (26) N (r;k) andQ),(r;k) as
where coefficienAg(k) of the matrixA(k) is given by N, (r;k)=(Lr#)e ke ik, (32
Ast(k)=J VQs VN, dQ—k2J Q.N, dQ z
Q Q
+ikJ BQN, dr, @) s LU B S .
FH H £ H H H
and bg has the following form for radiation and scattering a .
problems: S S S S S S S S N R
. — I— admittance plane
Radiation problem: b= | Qgadl, (28
I'e FIG. 5. Spherical sourcg above a half-plane with a specific admittance.
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FIG. 6. Finite element meshe@) Inner domain(}; for meshesM;, M5, andM,; (b) inner domain(); for meshM,; (c) meshM; (d) meshM,; (e) mesh
M3; (f) meshMy,.

6L(r;k):(llrﬂ+2)e+ikre—ikrﬂ, (33) This integral dqes npt contain oscillating terms and can _be
integrated readily using a Gauss—Legendre quadrature since
the (1/r) variable(wherer ,<r<<) involved in Eq.(34) can

so that Eq(31) can be expressed in the following form: . . .
a3 xp ! wing easily be converted to a normalized coordingt¢—1<¢

B <+1) using
k| pamar=ic | soxo.eNg (0,600
H H 2rlu
X(1r#")dT . (34) i (35)
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FIG. 7. Frequency response of the acoustic pressure magnitude at field poiRtG. 8. Frequency response of the acoustic pressure magnitude at field point
FP,: comparison of exact solution and numerical solutions using nvesh  FP;: comparison of exact solution and numerical solutions using rivesh
and infinite elements of radial order 3, 4, 5, and 6. and infinite elements of radial order 3, 4, 5, and 6.

The second part of Eq29) requires more caution. It can be appropriate boundary conditions have to be added to this

rewritten as equation in order to ensure the uniqueness of the solution
O.v dl'= 20, H)O (r:K)(—ikBp:(r.0, (i) local admittance condition along the whole infinite
frHst LHQV(G B)QL(r:k)(—ikBpi(r,0,¢) lane:
dploz—ikBp=0 for z=0"; (39
—api(r,0,¢)/on)dl’. 36 N . .
pi(r. 0.}l an) 36 (i)  Sommerfeld condition, given by E).
If one considers a set of monopoler spherical sources
located in the inner regiof); and radiating in a free field, This problem has been fully treated by Wer2eind

the description of the incident pressysecomplies with the  Thomasso'?? assuming another time dependence

multipole expansion given by E@L7) so that integrability is  [exp(—iwt)], but will be briefly explained here for the sake

ensured. It should be highlighted that the current representaf completeness.

tion excludes incident plane waves since such asymptotic The usual treatment relies on the following generalized

representation of a spherical wave does not comply with th@roblem inz=0:

expected far-field behavior and therefore does not ensure the 5

finiteness of Eq(36). Ap+ kgp=8(r)8(z2—2o), (39
Except for particular cases, the function to be integrated . . .

is no longer polynomial in parent coordinates, though. Sincé’vhere Ko=k—is (with ks>0), subjected to ip/Jz

=~ . . . —ikeBp=0 for z=0" and the Sommerfeld condition at an
b.Oth Q(r:k) andpi(r,0,¢) are decreg5|ng with the radial infinite distance. Referring to the source/image configuration
distancer, one can observe a fast radial decay and evaluat

6f Fig. 3, it can be shown that its solution can be expressed
with good accuracy the boundary integral using higher-ordeglS g = P

Gauss—Legendre quadratures.
P(r,2)=psdr.2) +Pim(r,z) +pcdr,z)
V. REFERENCE SOLUTION FOR HALF-SPACE 1

. 1 )

ACOUSTIC PROBLEMS = —FRle*'“oRl— FRZE”K‘)Rz
In this section, a reference solution is given for the Yo —

propagation of an acoustic source above an infinite admit- +J A(N)e VM K023 (Nr)dX. (40
tance plane. The problem can be stated in the following way 0
(Fig. 3): a point source located at a distanzg above an
infinite plane of specific admittancg (Re(B)=0), radiates
throughout the half-spac=0. The medium is characterized
by a densityp and a sound speerl The axial symmetry of s otion characteristics of the boundary.
the problem justifies the choice of cylindrical coordinates The correction ternpe, has to be rewritten properly for
(r,2). We focus our interest on the pressure field and, more, o wtica| implementation. First, considering the fact that the

precisely, the pressung(r,z) at a receiver point. The solu- solutionp satisfies Eq(39), pe, can be rewritten as
tion of this problem satisfies the following Helmholtz equa-

tion in z=0: ikoB [+ A
Ap+K2p=58(r)8(z—2,). 37) Peo™ 27 Jo mimtingB)

The solution appears as the superposition of a direct figld
radiated by the source, a contributipg, due to the image
source, and a correction terpy, taking into account the

e ™ (Ar)d\, (41)
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FIG. 9. Frequency response of the acoustic pressure magnitude at field poiRtG. 10. Frequency response of the acoustic pressure magnitude at field
FP;: comparison of exact solution and numerical solutions using nvesh  point FR: comparison of exact solution and numerical solutions using

and infinite elements of radial order 3, 4, 5, and 6. meshedM; andM, and infinite elements of radial order 7.
whereh=z+2z, and m=(\?— «3)*2. Substituting the new kg
variabley=im/«, and lettings in o tend to 0", pc, can be PB=7ng)(kfvl—ﬁz)exliikhﬁ), (45)
expressed in the following integral form:

. . and

ikpg expikR,y)
Pco dy, ¥o= B cog )+ V11— BZsin( 6,), (46)

27 I\ (y cog o)~ B)2+ (W1~ ¥Psin 65))2
(42 y1= B c0g ) — \'1— B°sin(fy), (47)
wherelL is the path shown in Fig.(4). One should note that
the square root with a negative real part should be selected in ¢, = IM((yot 1)(ys+1)) )
the evaluation of Eq(42). The radius of the circular part of Re((yo+1)+(y1+1))
the pathL should be large enough so that the path includespe square root in the expression pfy should be taken

all the poles of the integrand. Transforming the patmto  \yith a positive real part when the following three conditions
the steepest-descent path SD shown in F{g),4nd taking  5re fulfilled: (1) Re(yy)<—1, (2) Im(»)>0, and(3) t>t,,
care of the singularities of the inverse of the square root, ifng with a negative real part in all other cases.

(48)

can finally be shown that As can be seen from the relations presented in this sec-
Psptps  if Re(y)<—1 and Im(B)>0 tion, the total pressure field radiated by the source point is
pC0=[ for oth ,  (43)  the sum of a direct fieldds,) and a reflected field g,
Psp Torotnercases +pco)- In some specific cases, a so-called “surface wave”
with contributionpg has to be included in the reflected field.
kB Chien et al,?®> Thomassor!?*?* and Kawai et al®®
pSD:Fqu —ikRy) have proposed some asymptotic relations that enable a faster

evaluation of the pressure field. However, the computational

efficiency of up-to-date computers no longer requires such

+oo expl —kRyt) N . .

X _ _ dt, (44)  approximations, and we have used the previous relations to
=0 (= 1+it—yp) (= 1+it—y,) compute the exact pressure field directly.

TABLE |. Global convergence of the numerical solution at frequefieyl00 Hz (ka=0.924), taking into
account different mesh resolutions and radial interpolation orders in infinite elements.

) MeshM, 10X 20 MeshM; 20X 40 MeshM, 40x80
Radial
order (IE) er Problem size er Problem size er Problem size
1 3.07E-2 231 3.07E-2 861 3.07E-2 3321
2 1.85E-2 262 1.86E-2 922 1.86E-2 3442
3 7.86E-3 293 7.96E-3 983 7.98E-3 3563
4 3.07E-3 324 3.10E-3 1044 3.11E-3 3684
5 1.45E-3 355 1.36E-3 1105 1.33E-3 3805
6 8.13E-4 386 6.93E-4 1166 6.66E-4 3926
7 4.29E-4 417 3.62E-4 1227 3.55E-4 4047
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TABLE II. Global convergence of the numerical solution at frequeney500 Hz (ka=4.620), taking into
account different mesh resolutions and radial interpolation orders in infinite elements.

MeshM; 10x 20 MeshM; 20x40 MeshM , 40x 80
Radial

order (IE) er Problem size er Problem size er Problem size
1 4.83E-2 231 4.65E-2 861 4.61E-2 3321
2 2.59E-2 262 2.52E-2 922 2.50E-2 3442
3 9.73E-3 293 1.04E-2 983 1.07E-2 3563
4 4.25E-3 324 3.69E-3 1044 3.89E-3 3684
5 4.35E-3 355 1.83E-3 1105 1.41E-3 3805
6 4.09E-3 386 1.24E-3 1166 5.92E-4 3926
7 3.88E-3 417 9.94E-4 1227 2.95E-4 4047

VI. NUMERICAL EXAMPLE increased geometrical extension of the finite element mesh

The simple scattering problem addressed in this sectioﬁ:\/es a better accuracy when the radial interpolation order of

. ) : e infinite elements is 3, but this higher accuracy can also be
involves a spherical source of constant amplitude located at a . o .

: : o . reached by selecting a radial interpolation order greater than
distancea from a half-plane with a specific admittange

The objective is to evaluate the acoustic pressure at differeﬁqi along infinite element.s. . .
X o - If one selects a point located in the outer domdike
locations FP (i=1,...,5) asshown in Fig. 5. For the calcu- : . .

. . ; FP;), an accurate evaluation of the acoustic pressure is ob-
lation, the following numerical values have been SeleCtedtained especially in the low-frequency ra 500 Hz
specific admittance8=0.2691-0.5625 (—) and distance €d, esp y . quency nge '

T ) for infinite elements of radial order higher than 3, as shown
a=0.5(m). Four different meshell, to M, have been con- .~ _. . .
. . in Fig. 9. Figure 10 shows, however, that an increased accu-
sidered. Finite element meshikt;, M3, andM, are refer- ; . - .
! ) ) Lo L racy can be obtained when the inner domain is exteliced
ring to the inner domai); shown in Fig. §a), while finite ;
. . . using meshM, rather than mesM ).
element mesiM, is related to the inner domaid; shown in .
. R To get a better understanding of the global convergence
Fig. 6(b). MeshedM, M5, M3, andM, are shown in Figs. . . - :
. : . of the numerical solution when the radial interpolation order
6(c)—(f). All meshes are uniform, involving square QUA04 o . -
. along infinite elements is increased and the finite element
elementgelement size= a/10 for meshed/; andM,, a/20 . : .
: (FE) mesh is refined, a global error norm is evaluated along
for meshM 5, anda/40 for meshM,). The magnitude of the . . A -
, . X the interfacel'r, between finite and infinite domainge.,
pressure field at locations FRas been calculated in the fre- | . . N ~
- . defined by the cylinder=a and the planez=2a, for
qguency range 10—1000 Hka=0.924-9.24 using the fore-

) . . meshedM , M3, andM )
going exact solution and the numerical model, and are pre-
sented in Figs. 7 to 10. It should be emphasized that field

i i i i ithi 2
pressure is produced by direct interpolation within related eTm:f | Pexac—Prund 20T (49)
infinite elements. Numerical calculations have been per- Tg
formed using the axisymmetry capabilities @CTRAN
software?® Tables I, 1I, and Il show the values of this error norm

The convergence of the numerical solution at field pointfor three characteristic frequencies: 100 (ka=0.924, 500
FP; is illustrated in Figs. AmeshM;) and 8(meshM,) as  Hz (ka=4.620, and 1000 Hz(ka=9.240. Inspection of
the radial order along infinite elements is increased from 3 tdhese tables shows the convergence of the numerical solution
7. FPR is located at a nodal point in both finite element when the radial interpolation order is increased along infinite
meshes. A good agreement between exact and numerical selements and/or the FE mesh is refined. However, and this is
lutions is already obtained at a radial interpolation ordet. especially apparent at higher frequencies, the error norm
The slight difference between exact and numerical solutiongjuickly converges to a nonzero value and the only way to
in the upper frequency range is due to the low resolution ofurther refine the solution accuracy is to increase the trans-
both meshes. Comparing Figs. 7 and 8, it can be seen that aersal mesh resolution. Tables I, Il, and Il also contain the

TABLE lIl. Global convergence of the numerical solution at frequefreyt000 Hz (ka=9.240, taking into
account different mesh resolutions and radial interpolation orders in infinite elements.

) MeshM, 10X 20 MeshM; 20X 40 MeshM, 40X 80
Radial
order (IE) er Problem size er Problem size er Problem size
1 7.39E-2 231 5.85E-2 861 5.61E-2 3321
2 5.49E-2 262 4.44E-2 922 4.27E-2 3442
3 3.40E-2 293 2.39E-2 983 2.42E-2 3563
4 2.52E-2 324 1.06E-2 1044 1.05E-2 3684
5 2.82E-2 355 9.22E-3 1105 5.12E-3 3805
6 2.84E-2 386 8.36E-3 1166 3.03E-3 3926
7 2.79E-2 417 7.57E-3 1227 2.03E-3 4047
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FIG. 11. Frequency response of the acoustic pressure magnitude at fiefdG, 13. Magnitudes of the different contributions to the total acoustic
point FR, in the case of a rigid half-plangneshM,, radial order 7. pressure at field point Fp.

tance on the whole half-plane, even if the observation point

size of the discrete problemumber of degrees of freedom s close to the source and within the finite element domain.
of the linear system to be solved Finally, the capability to handle the so-called “surface

Figure 11 presents the comparison between the exaglave” componenpg [Eq. (43)] is illustrated by running the
solution and the numerical solution at §~f the case of a same problem with a modified specific admittange
rigid half-plane(zero valued admittangeThe numerical so-  =0.2691+0.5625 along the boundary plane. In such cir-
lution, obtained with mesM, and a radial interpolation or- cumstances, it can be shown that the condition jRp(
der of 7 along infinite elements, shows an excellent agree< —1 leading to the activation gfg component is fulfilled
ment with the exact solution, in the whole frequency rangefor a field point(denoted FR) located in ¢=5.0 m,z= 0.5
Clearly, the reference solution in this case can be easily obm).
tained by the technique of image sources. One should, how-  Figure 13 shows the magnitudes of the complex contri-
ever, note that the numerical solution does not rely on suchutions[Egs.(40) and (43)] to the total acoustic pressure at
considerations but rather on the direct handling of nonhomopoint FR,,. The surface wave contributiopg is shown to
geneous boundary conditiofgg. (7)] alongI'y, (with =0  contribute significantly to the total response. The ability of
in this casg the numerical model to capture this particular contribution

Figures 12a) and (b) compare field pressures at points for field point FR, is shown in Fig. 14, where med¥i; has
FP, and FR, respectively, for the following three cases: been selected with infinite elements of radial interpolation
rigid case 3=0), absorbing cased=0.2691-0.5625, and  orders 5, 10, and 15.
mixed case, where the specific admittance is constrained
along the finite boundary and is kept to zero along the infi-VIl. CONCLUSIONS
nite boundary. These figures clearly demonstrate the need to A conjugated infinite element method has been success-
take into account the nonzero value of the specific admitfully extended and applied to the solution of acoustic prob-
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FIG. 12. Comparison of the frequency responses of the acoustic pressure magnitude at field poisaRB FR (b) in the case of rigid, mixed
rigid/absorbing and absorbing boundarieseshM,, radial order 7.
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Backscattering cross section of a rigid biconic reflector
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Plane wave incidence on a rigid biconic target is considered. A biconic reflector consists of two
cones truncated by planes perpendicular to their axes and joined at their smaller flat faces. The cone
angles are allowed to be variable, provided their sum is equal to 90°. The backscattering cross
section is expressed in terms of a surface integral of the geometrical acoustics field, which results
from incident singly and doubly reflected rays. A saddle-point calculation gives a first-order
high-frequency approximation in which the backscattering cross section is proportional to the
incident wave number and a function of the angle of incidence, cone angles, and inner and outer
radii of the truncated cones. This expression is algebraically complex but easy to implement
numerically. Results are presented that exercise the parameters of the problem. An interesting result
of the solution is that for fixed outer radii there is a nonzero optimum inner radius for backscattering
strength. For broadside incidence on 45° cones with equal outer radii, this optimum value is
approximately equal to 11% of the outer radiug.S0001-4966)0)04910-9

PACS numbers: 43.20.Fn, 43.30.(0LB]

I. INTRODUCTION II. ANALYSIS

Reference targets are often needed during sonar opera- /& Now consider a plane wave incident on a rigid re-

tions. The present study was motivated by a need of thgector at an anglé® with its axis. Cylindrical coordinates, z
are used to express the equations of the upper and lower

National Ocean Service to verify system operation when sur- .
. . . cones as follows:

veying in regions such as the Gulf of Mexico, where bottoms

are so smooth and featureless that they may return only a p=ztanay+b (z=0), p=-—ztana;+b (z<0),

barely detectable signal. The weak signal problem affects (1)

both the field hydrographer during data acquisition and prowhereb is the smallerinnen radius of the cones and, with
cessors who must later verify the side-scan sensor data. Thgference to the angle between axis and surfageand a;
presence of a reference target can verify that the system ke the upper and lower cone angles, respectively, assumed
operating properly. The biconic target has desirable properto satisfy
ties for this purpose: strong backscattering strength, due to

its corner reflector geometry, and azimuthal symmetry, g, +a;=
which allows it to be easily identified and tracked by a vessel

underway. The target used in survey operations is not the |n the Kirchhoff approximation the backscattering cross
idealized one presented here but rather a shell filled witlsection,o,, is expressed in terms of a surface integral of the
foam to provide positive buoyancy and tethered to an anchageometrical acoustics field over the insonified portion of the
to hold it in position approximatgll m above the bottom. surfacé

v

5 (2)

The survey vessel is at a sufficient distance so that the direc- o =4lf|2, &)
tion of insonification is within the corner reflector geometry
of the target. where
A biconic reflector consists of two cones truncated by ik -
planes perpendicular to their axes and joined at their smaller f=— ﬁj dSyNg-Fpgae™ k"o, (4)

flat faces. Usually the cones are 45° right circular so that in

any axial plane their surfaces are at right angles to form & is the wave numbempg, the (dimensionlesssurface geo-
corner reflector. In our development we will assume themetrical acoustics pressure of the unit amplitude incident
cones to be circular but will allow the cone angles to bewave,n, the outward normal at the poing on the surface,
general, provided their sum is 90°. We will therefore con-andr the backscattering directioithe negative of the direc-

tinue to have a corner reflector with azimuthal symmetry. tion of incidence. Carets are used to indicate unit vectors.
On a given cone the geometrical acoustics field consists

of the incident plane wave plus the reflected wave from the
other cone. However, only the latter contributes significantly
to backscattering. Primakoff and Kelfegive a general ex-

dElectronic mail: thomas.eisler@noaa.gov pression for the field along a reflected ray from a penetrable
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L ~ o [da(0) ik(=F-ry+1—F-ro)
f__ﬁ dSng-r da-(l)e 1 o, 9

We express the integral in terms o§ and the azimuthal
angle, ¢,

Zgtanag+b

8= oeqs % d%0. (10
and perform a saddle-poifstationary phaseapproximation
of the ¢ (innen integral assuming to be large. Integration
is along the real axis with a saddle pointggj=0. It is from
this point that the doubly reflected ray is exactly opposite in
direction to the incident ray, thus giving the strongest contri-
bution to backscattering. Following the standard stationary
phase procedutave set all quantities not in the argument of
the exponential equal to their values at the saddle point.

FIG. 1. Reflection and spreading of an incident ray bundle showing param-rhus’
eters used in the paper. Also shown is the surface curve in the normal plane A
perpendicular to a generator of the lower cone, which defines the curvature No-r=sin(6— O‘O)v 11
Gj.
and

. . 1
surface in terms of local surface geometry at the point of ~ 99(0) _ 2zptanag (12)
reflection. This result can be specialized to the case of arigid  do(l) Zgtan( 60— ap) +b

surface and expressed as follows: .
P In obtaining the latter result from E¢6), we have made

a(0) . use of the following. Surface curvatufg; in the plane of
Pca= Pinc(0) me'k', (5 incidence vanishes at the saddle point because this plane in-
tersects the cone in a straight line. For the curvatGiyeve
wherep;,(0) is the incident field at the point of reflection, derive
is the distance from that point along the reflected ray, and )
do(l) is the cross-sectional area of an infinitesimal ray _ —Sinag (13
bundle about the ray. This area gives the effect of ray spread- 1 zotan 60— ag)+b’

ing, as shown in Fig. 1, and is expressible in terms of surface

curvature. The latter is defined in terms of the curvature at é{vhere the minus sign appears in Primakoff and Keller's con-

given point of curves formed by the intersection of the syr-vention because the normal to the surface and the center of

face with various planes normal to it. The expression belov\pur\:jallturehare %rljlt)pp0§lte s:des dOf the surface. We have also
follows from a further result of Primakoff and Kelfer usedlo, the saddle point value df

do(0 - 2
d(:r((l)) =[1—-2I(G, cosa+G; sina tana)] L, (6) IO_008010005{9_ o)’ o

wherea is the angle of reflectiorG is the surface curvature and the relation
in the plane perpendicular to the generator of the cone o= 0—a (15)
through the point of reflection, which gives the maximum 0
curvature at that pointsee Fig. 1, and G; is the surface \We have thus arrived at
curvature in the plane of incidence. "

Without loss of generality we can assume that the inci-, 'K . iKF(z0,
dent rays are parallel to the=0 plane. Therefore, let f=- ﬁsm(e_a")f dZOG(ZO)f dpge’™®%,  (16)

r=(sin#,0,cosh), (7)  where
where ¢ is the angle the incident direction makes with the Zotanag+b zotan 6—ag) +b
axis. G(zg)= ,

. . —agp)+2 +

We consider rays incident on the lower cone and re- coSao Zo(tan(6— o) + 2 tanao) +b 1n
flected to the upper cone. The unit amplitude pressure of the
incident wave at the point of reflection, say, on the lower and
cone is then given by - -

) F(zp,p0)=—T-r1+1=r-1g. (18
) :efikr-rl, 8 . . .

Pinc(0) ® To continue with the saddle-point procedure, we must

and we have approximate the functiof (z,, ) as follows:
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F(2o, o) ~F(20,0)+H(z0) 5. (19)

For a saddle-point evaluatiobf=0), incident and reflected
rays lie in thex—z plane and

(20

From this relation, together with Eq1l) and Eq.(14), it
follows that

Z1=— 1y tar( 0— ao)tanao.

F(z9,0)=—2bsiné. (21

z
i ; i f(0,aq,2)=siN(0— fd —_—.
Since thez, dependence has dropped out, this factor will not (0,a0,2)=sin( 0) 0 29 H(0,0.20)

H(zy) =~521(sin ftana,—cosh) + %Zo'f( — zg tana;+b)

X sin 6+ (zo tanag+ b)sin 6+ 3. (33

We can now evaluate numerically the integral that ap-
pears in Eq(22). However, we still need to take into account
scattering from both cones. To do so we now recognize ex-
plicitly the dependence of quantities on the upper cone angle
ag and angle of incidencé. Therefore, we now write

G(a,ao,ZO) (34)

enter the expression for the backscattering cross section as
given by Eq.(3). Saddle-point estimation of the inner inte- We can now make use of the solution derived for scattering

gral gives

—2ikb sin @

ik
f=—Esm(0—a0)fdzoG(zo) kH(zO)e

from the lower to the upper cone also to describe scattering
from the upper to the lower cone. We may then express the
backscattering cross section as follows:

22 4 (0,a0)= k‘ (8, ap,min{(a;— b)cot f— ay),

Our remaining problem is to derive an expression for the

function H(zy). We can write the following equation relat-
ing the pointr, at which a ray is incident on the lower cone
to the pointry where the reflected ray intersects the upper

cone:
ri1=ro—(2n0ny-1—1)l, (23

wheren,, the surface normal at,, is given by
n;=(COSa; COSp;,COSa; SiNgy,SiNay). (24)

For a given value of, the three equations given by E@3)
allow us to solve forz;, ¢1, andl in terms of ¢5. We

perturb the equations about =0
I=1y+4dl, (25
2,=23+67,. (26)

We assume thap, is of ordergg andédl, 6z; of ordewé, to
be verifieda posteriori Therefore, let

$1="0100F ", (27
Sl=3lgd+---, (28)
82,= 2%+ . (29)

The algebra is straightforward but tedious. We obtain

~ Zgtanag+b 30
ng_Zo(tar(a_ao)‘l‘Ztana’o)‘l‘b’ ( )
52,= 3%l Sinarg COSary SN 6
—5l (2 cosag coq 6— ag) — COSH), (31
and
5 Sinag ~5 sing T
= Co9 0—ag) | 1| %l cosagcod H—ag) | N0
1 1
+§(zotana0+b) —E(zotana0+b) . (32

From Eq.(18) we finally obtain
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(ag—b)cotag}) +f

T
T H,E—ao,

2

min{(ao_ bl)tar( 60— ao),(al_ b)tanao})

(39

where ay, a, are the larger radii of the upper and lower
cones, respectively.

IIl. BROADSIDE INCIDENCE

When we consider the special case of two equal 45°
cones with incidence perpendicular to the axis of the target
(ag=a;=a, ag=a;=45°, 0=90°, the above results un-
dergo considerable simplification. We obtain

G(m/2,ml4,zq) =12 % : (36)
and
H(7/2,714,z25) = (Zo_l—;)z)(f—izl;)_'—m (37)
From Eq.(3) and Eq.(22) we obtain
a Zp+hb 2
op=4k JO dzom , (38

where a factor of 2 has been introduced to account for scat-
tering from both surfaces. Finally, the above integral can be
performed to give

_16k[a+b r

=g T\/Za—b—bs/z .

An interesting consequence of the above formula is that for
fixed outer radius a slightly larger target scatters less than
one of optimum dimensions. The optimum value for the
smaller radiugi.e., one that maximizes,) is not zero but
approximately 11% of the outer radius. Specifically, its value
is

(39
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10— /80 11%, the value given by Ed40). This value for the maxi-
Ta~0.1061. (400  mum does not hold as incidence is changed from horizontal,
but shifts to somewhat larger values.
This value represents a compromise between two opposing Target strength versus aspect is again shown in Fig. 3, in
effects. Surface curvature is larger nearer the tip, makinghis example with the inner radius set equal to 0%, 11%, and
these regions poorer scatterers. Areas farther from the tip4% of the outer radius. As expected, at broadside incidence
scatter more strongly but the longer path length to the othethe optimal (11%) dimension outperforms both the larger
cone causes higher attenuation due to geometrical spreadirgnd smaller dimensions. However, as the elevation angle is
By increasing the inner radius we lose relatively poor scatincreased eventually there is a crossover after which the larg-
tering areas but also reduce spreading loss from relativelgst dimension performs best.
strong scattering regions. This tradeoff determines the opti-  The effect of changing the cone angles is shown in Fig.
mum inner radius. 4. The elevation angle of the maximum return shifts from 0°
An incorrect expression has previously appeared in thes the cone angles are perturbed from 45°, maintaining a
literature, for example in Ref. 4. Assumibga<1, it can be  value equal tax; — ay as might be expected from the laws of
shown that the incorrect result overestimates the targeieflection. This property has potential applications for ves-
strength by approximately 6 dB. sels insonifying a target from above. It will also be seen that
the maximum target strength increases as the cone angles
vary away from 45°. However, it should be noted that the
IV. NUMERICAL EXAMPLES overall target area increases as well.

The solution given by Eq(17) and Eqs.(30)—(35) is
algebraically complex but easy to evaluate numerically.v' DISCUSSION AND CONCLUSIONS
Some examples will be given in this section to illustrate and High-frequency scattering strength of targets can be rank
exercise some of the parameters of the problem. Results wirdered in terms of powers of the wave numberFor nor-
be expressed in terms of target strength, expressed in deghal incidence on a flat plate the backscattering cross section
bels. This quantity can be defined as follows: is proportional td?, for normal incidence on a singly curved

surface such as a cylinder it is proportionalkty and for
(42 normal incidence on a doubly curved surface such as an el-
lipsoid it is proportional t&k®. The influence of surface cur-
where by convention the backscattering cross section is exsature on scattering strength can be associated with proper-
pressed in meters squared. ties of the neafgeometrical acoustiggportion of the field.

In all examples the frequency is 100 kHz, the soundSurfaces with no and single curvature produce collimated
speed 1500 m/s, and the outer radii are both equal to 22 cmeflected rays. The latter are strictly parallel for the flat plate,
Figure 2 shows target strength as a function of inner radiusa collimated pencil of rays. For a cylinder they are colli-
expressed as a fraction of outer radius, for various angles ahated within a layer, but for a doubly curved surface they
incidence. For broadside inciden¢@® elevation from hori- exhibit three-dimensional spreading from the outset. Eventu-
zonta) maximum backscattering can be observed at aboutlly, of course, three-dimensional spreading must occur in all

TS=10log,

Oy
47|’

1477 J. Acoust. Soc. Am., Vol. 108, No. 4, October 2000 T. J. Eisler: Backscattering from a rigid biconic reflector 1477



4 -

-5 4

(b)

~ 6
/M
)
N’
=
B .7
8 7
g FIG. 3. Target strength versus angle of incidence from
< broadside. Inner radigs(a) 0 cm; (b) 2.32 cm(broad-
80 31 side optimuny, (c) 5 cm. Frequency 100 kHz; cone
= (a) angles 45°; outer radii 22 cm.
= (©)

-9 4

-10 4

-11 T T T 1

0° 5° 10° 15¢ 20°

Angle of incidence from broadside (deg)

cases. For collimated rays this does not occur immediatelprder terms associated with edge diffraction, as we would
but at a later distance, the Rayleigh length, that increasdsave in the present case, are known to be incorrect.

with frequency, thus explaining the dependence of target The present treatment has derived a backscattering cross
strength on frequency. It is well-known that the Kirchhoff section proportional tok, suggesting collimation of rays
method lacks a rigorous foundation. However, this methodwithin a layer. This does not hold strictlgee Fig. 1 but is
which essentially treats the geometrical acoustics field as thapproximately correct in a neighborhood of the specular
source of the scattered wave, has proved to be accurate point. The principles of geometrical acoustitke laws of
cases where collimation is present, i.e., cases in which theeflection and energy conservation within ray bunpigsre
geometrical acoustics field has special prominence. As thased to calculate the pressure field on the biconic due to an
leading term of an asymptotic expansion, the saddle-poinincident plane wave. The scattered wave could then be ex-
contribution to the Kirchhoff integral increases in accuracypressed as a surface integral iterated in terms of axial and
as the frequency increases. Unfortunately, however, it is naizimuthal coordinates. The inn@zimutha) integral has a
possible to state priori error bounds, for example, with saddle point at the specular point, the point at which incident
respect to the minimum frequency required, since higherand reflected rays form a perfect corner reflector. It could

5 4
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-15 - FIG. 4. Target strength versus angle of incidence from
broadside. Cone anglesupper, lowe). (45°,459;
(40°,509; (30°,609 (left to right). Frequency 100 kHz;
inner radius 2.32 cntbroadside optimum outer radii
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Complex modal statistics in a reverberant dissipative body

O. I. Lobkis and R. L. Weaver®
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The statistics of the ultrasonic resonance peaks of a finite elastic body are investigated. The
distribution of peak phases, and the normalized variance of peak amplitudes, are shown to be
consistent with a hypothesis that the modes themselves are complex Gaussian random numbers. A
valueq=0.33 for the ratio of the standard deviations of the imaginary and real parts of the modes

is found to fit the data, and to bring recent theory of power variances into better accord with
measurements. @000 Acoustical Society of Amerid&0001-496600)03110-6

PACS numbers: 43.20.Ks, 43.40.At, 43.55[@&IN]

I. INTRODUCTION in which case it is easy to show that the modal dissipation

. - N _ rates are given, for small loss tangefiw<1, by
In the statistical description of vibrational and acoustic

energy rovy in complex structures, mean responses are some- 7m=(a+ﬁw2m)/2- )
times predicted with a degree of success. This is most true

for those structures with a kind of statistical Lord Rayleigh? wryly commenting on the ubiquity of the
homogeneity—in which properties are approximately con-even simpler casg=0, said that this occurs frequently, “in
stant over frequency bands that encompass many modes. R#0oks at any rate.”

verberation rooms, reverberant ultrasonic bodies, and rever- It is a simple matter to see that thecan be random,
berant elastic plates are the pre-eminent examples. Even f@ith no smooth dependence om Perturbation theory indi-
such simple structures, though, in which mean energy flow igates, for smal[C], that

well described by theory, fluctuations away from the mean

are consistently overpredicted by thedry. Ym={vm} [CHom}/2, 3

A recent study of ultrasonic reverberation “rooms” \here they,, are the mode shapes of the undamped struc-
(small aluminum blocks at frequencies of hundreds of kHzy,re Thys, the dissipation rate is given by the amplitude of
such that wavelengths are small compared to blocK $ia8  he mode at the places where the loss mechanisms are con-
come to the same conclusion. Observed power varianC&ntrated. IfC is distributed arbitrarily, we expect thg to
were less than predicted, sometimes by nearly a factor of Zy,cryate depending on the precise spatial distribution of the
Theory for this variance hass advanced corlsidg:rably over thg,ode amplitude. It is apparent that a more realistic model of
last couple of .decadé§. Level repulspnl,' spectral  gamping can lead to a wide distribution of modal dissipation
rigidity,*> Gaussian modal amplitude statistfcand reso- ratesy, even amongst neighboring modes. While much of

nance width variatiortshave all been incorporated. The dis- the theory quoted abobe has assumed that all dissipation
agreements between theory and measurements have beengas . in a narrow band are identical, this assumption was
duced by some of these considerations, but the disagreemeiliaxed in the most recent wotk.

remains significant. _ A further consequence of assuming proportional damp-
In the most recent studlyit was speculated that a key ing is that the modes will be real, that they are in fact un-

assumption—one that has underlain all the theory to date—ig,qgified from the shapes they have in the undamped case at
in fact in error. This communication is addressed towardsa:ﬁzo_ Perturbation theory can also be applied to show
confirming that speculation and demonstrating the potentigl 5t the modegu} are actually in general complex. They are

consequences of the error. o given in terms of the modew} of the undamped system, to
Almost universally in the structural vibrations literature, leading order irC, by

at least that which considers dissipation, it is implicitly or

explicitly assumed that the modés,,,} of the structure have (ot CHumh
dissipation ratesy,, that depend omm, if at all, only very (Ut ={vm} +iomn > — 5 i (4)
slowly, perhaps by means of a smooth dependence on the I#m OmT W)

frequencyy(wp). This result follows, for example, from the \here thew,, are the undamped natural frequencies. The

common convenience of assuming that the damping matrignalytic simplifications that ensue from it notwithstanding,

is a linear combination of the stiffness and mass matriceshis clearly incorrect assumption requires scrutiny. This is

“proportional damping” particularly true when the assumption is implicated in
chronic failures of theory to match experiment.

The previous workdid assume that the modes of a ge-

[Cl=alM]+BIK], 1) neric dissipative structure are real—as they would be if the
structure were proportionally damped. This apparently incor-
dElectronic mail: r-weaver@uiuc.edu rect assumption, it transpires, is crucial to the theory. Critical
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to theory is an understanding of the statistics of the mode U (X) Un(Y)
amplitudes. The key quantity is the ratio of the mean fourth ~ G(x,y,0)=R(0) >, ———5———,
power of a mode amplitude to the square of the mean square m 0= wn= 20y

(6)

4 212 whereu,,, o, andy,, are normal displacement component,
K= (um)/(um)®, (5) angular frequency, and dissipation rate of théh complex

all quantities being evaluated at the same position. Some ¢figenmode, respectively. The complex facRfw) repre-

the literature has guessed thtis best estimated by the sents the transfer function of the transducers; it depends on
value it takes for oblique modes in a rectangular enclosuretheir properties and their acoustical contacts with the object.
(3/2) to the power of the dimensionality. More realistic mod- The modes, even at neighboring frequencies, have different
eling shows, for a generic elastic structure that lacks symmey’s. The y’s have been found to be distributed in accord with
tries and lacks stable closed-ray paths, that the mode amp# chi-square distribution 48

tudes are distributed as a real Gaussian random process. This _

yields a valueK=3. It was this value that was used in the Py(y)dy =y""texp(—ny/y) dy, (7

most recent work. Theory predicts power variances that Scal\(/avhere_is the averages and the parameter describes the
essentially with the square d&. If one could justify, and Y 9 P

predict, aK between 2 and 3, then theory could be broughtWldth of the dISt.I’IbutIOI’l. . . :
In the previous paper’s theoretical analysige pre-

into accord with measurements. This can be done if the L .
. . sumed that the system is diagonally damped and the eigen-
modes are complex Gaussian proces$8gstems lacking

. . ; ) functions are real. As discussed above, and will be demon-
time-reversal invariancge.g., gyroscopic systemshave

complex modes even in the absence of dissipation. We en%s_trated below, this presumption is far from reality. It is

phasize that the complexity considered here is entirely due toherefore necessary to consider the general case of complex
nonproportional damping).They are, as discussed above €igenfunctions,

: Y ’ : ' We use the simplificatiom,+ w~2w®in Eq. (6) and
certainly complex. It is eminently reasonable to think that

they should be distributed in a Gaussian manner, at least iWen omit the unimportant prefactor 1/2s irrelevant to our

generic structures. A complex Gaussian process with equaclil elzcsuelﬁ'?eodnisﬁ -trhhee fg?r\:;/er transmission functibean then be
variances for real and imaginary parts will haveKanow P

defined as{|uy|*Y/{|un|?)?) of 2.0. If the variance of the Un(OUR(Y) UF (X)X (y)

real part exceeds that of the imaginary part, tikewill be T=|G|2=|R(w)|2>, wiw Lni al_w 4I—i :
closer to 3. AK~ 2.5 was found in Ref. 5 to fit the observed m. m= 1 Ym Y

variances, there is some reason to be optimistic that this agghere we have allowed the mode shapes to be complex. The

proach will explain the chronic disagreemehts. different mode shapes are assumed uncorrelated with each
In the next section the theory behind the response varigther, and with themselves at pointsar fromy. Thus, after

ance is modified for complex modes and the above argumeniyeraging, only the term witm=1 is left in the sum(8). The

is given quantitaﬂve detail. Then, we examine the multi-average value of across the ensemble is equa' to

peaked resonant response of one of the small aluminum

blocks considered previously, and evaluate the phases and 2 (JumO) 7 um(y)|%)=(Jul?)?

amplitudes of the resonance peaks. It is found that they are (M=IR(w)| % (0= om—iym (0= ont+iym)’ ©

distributed in a manner consistent with our assumption about

the complex Gaussian nature of the eigenfunctions and thathere(|u|?) is the ensemble average of the absolute value

their K takes a value that brings theory into accord with thesquare of an eigenfunction.
previous measurements. The variance of is determined in terms dfT2), where

®

Il. THEORY PoRw)* S Un(X)Um(Y) Uf (XU (y)

M O— On—iYn o—w+iy

The theory described previouslyfor relative power
variance needs modification for the case of complex modes. U (X)ui(y) U U (y)
Let two point transducer&eceiver at positiorx and trans- X
mitter at positiony) be located on the surface of an elastic
object. Then, the Fourier transform of the output signal is Again assuming uncorrelated mode shapes,

- —, (10
w—wi— 1Y w—wj-i-lyj

D (lumOO ) umy) | =(lu[*)? 2 {umOCO ) Jum) PXui 0 ) ui ()2 =(|ul?)*

2 _ 4
R ot 1y 2t 7?2891 (0= o= 1Y) (0= 0 Ly (0= 1= 1Y) (0= 0517

S (UZ ()W UZY(UF O)(uF (y) 2 =[(u?)* |

m=| (w_wm_i’}’m)z(w_wl—i_i'yl)z

(11)
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The calculation of the relative variance can now be per- ~ 3.00

formed as previousRby averaging ovew,,, w, andy’s.

(T?)—(T)?
relvar= ———
(T)?
. KZ n(n-1) f1(M,n)+L2f,(M,n)
"N 23~ M :

(12

where the modal amplitude statisti&$ andL? are defined
below, and

o b(t)dt
fl(M,n)=4Mf —;
0 (1+Mt/n)?"—2

13

(n—1)2r b(t) t> dt

fo(M,n)=4M3 .
2 n®> Jo (1+Mt/n)?"

The modal overlap iﬂ\AZZW;D, where D is the modal
density(modes per unit frequena@w). The functionb(t) is

the Fourier transform of the Dyson two-level correlation

function® b(t)=1—2t+tIn(1+2t) for t<1, andb(t)=—1

.50 —

K(g)
[N

2.2 2
q —<|.1i >/<ur >

FIG. 1. The modal amplitude statistiéé=(|u|*)/{|u|?)2as a function of
modal complexity, Eq(17).

It is convenient to introduce the parametey

+tin[(2t+1)/(2—1)] for t>1. The detailed properties of the =(u2)/(u?) equal to the ratio of the variances of imaginary
functions f;(M,n) and f,(M,n) have been considered in and real parts. We then rewrite andL in the form

Ref. 5. In the limit of no decay curvaturg.e., a narrow

distribution ofy's, n=«), and after approximating the func-

tion b(t)~exp(—2t), the functionsf,; and f, simplify:
f1(M,0)~2M/(M+1) andf,(M,»)~M3/(M+1)3.

4092

3 L= 4a°
(1+9)?’

_1_—:K_
(1+9?)?

(17)

This result differs in two ways from that obtained pre- K varies from 3 for real modesq&=0) to 2 if the distribu-

viously when the modes were assumed Pe@he factorK

tions of the real and imaginary parts are equivalent ().

—(Ju*/(|u|?)? depends now on the mean absolute valued=K—2 changes from 1 to 0 over the same intervatjof

. 2 . . .
of eigenfunctions, and there is now an additional parametedr@ph of the functionk(q®) is presented in Fig. 1.

It is

L=[(u?)|%/(|u|?)? equal to the ratio of the absolute mean aPParent that the new theoretical predictiqn E:-t_ﬁ) for
square to the mean absolute square. In the case of retglvar can be significantly less than that given in Ref. 5,

Gaussian-distributed eigenfunctiort§,and L are 3 and 1,
respectively.

We suggest further that the real and imaginary parts of

depending on the value af Experimental determination of
the valueK will be done in the next section.
We also consider consequences of the distribu¢iot)

(u=u,+iu;) are independent centered Gaussian randor@" the phases of the modes. For Gaussian distributed real and

numberg with distribution

Pu(Uy ) dUy jocexp(—uf /2(u? ))du, i, (14)

where the(urz,i) are the mean squares of the real and imagi-

nary parts. The valuel€ andL can be calculated as
C{(uf+u))?)  (uf)+2(ufud) +(uf)
S (D (ud)?
- 3(u)?+ 2(uf)(uf) + 3(uf)?
() HuD))?

. (19

and

[(uZ+ 2iu,u;—uf)|?

(uf+u?)?

[(u2)+ 21 (upu;) — (u?)|2
((uf)y+(u?))?
(u)—(u?))?
(U +(u?)?

(16)
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imaginary parts of eigenfunctior{¢4), the modal phase dis-
tribution p,(¢) can be expressed as

p¢(<p)=f:f:ﬁ(@—arctamui/ur))

X exp( — u?/2(u?)—u?/2(u?))du, du;, (18

where § is the Dirac delta function. Calculation of the inte-
grals(18) in polar coordinates gives the normalized function

Po(®),

1
I%(QD)=i

—_— 19
27 g% cos p+sirt ¢ (19

The function is a maximum ap=wk (k=0,=1,... corre-
sponding to a real mode amplitude at the position of intgrest
with a value 1/2rq. At the minima[ ¢ = 7(k+ 1/2), corre-
sponding to an imaginary mode amplitude at the position of
interest the value ofp,, is g/27 (see the solid line in Fig.)2

For real modes=0) the functionp,(¢) tends to a delta
function. For equivalently distributed real and imaginary
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Py (®) Py (9

180 360

Angles (p,ﬁ (degrees)
FIG. 2. The theoretical distribution for the phase of a mfsigid line, Eq.

(19)] and of a peakdashed line, Eq21)] for the case of modal complexity
9°=0.1.

parts @=1), the modal phases are uniformly distributed

p,(¢)=const=1/21.
The phase distribution of the eigenfunctigng ¢) can-
not be measured directly because the received signale-

pends on the product of the eigenfunctions at the points

and y by means of the complex peak amplitude
=u(x) u(y). The phas# of the peak amplitudd is equal to

oxt oy (uxyy=|uxyy|exp6<pxyy)). Therefore, the phase distri-
bution p4(#) of the complex amplituded can be expressed

through the phase distributidd9) as

o=l L)

[6(0—@x— (Py) +0(0—oy— eyt 27) |dey d(Py
(92 cog @, +sir? ¢,) (92 cof gy +sirf @)
(20

After calculation of the integral&20) over ¢, and ¢, 19 the
resulting phase distribution is found to be

q (1+9?)
T Ag?+(1—-q?)?sirt 6
A graph of the distributiorp,(6) (dashed lingis presented

Py 0)= (21)

in Fig. 2. The function has maxima and minima at the points

6=k and 6,=m(k+ 1/2) with maxp,=(1+q?/4mwq and
minp,=g/7(1+q?). The width of thep,(#) distribution is
approximatelyy2 times larger than that Wo(e).

IIl. EXPERIMENTAL RESULTS

1.5 mm each, piezoelectric element diameter 1.0)mrhe
signal contains useful components in the frequency range
between 50 and 2000 kHz. Signal are captured with a
32 000-word 8-bit waveform digitizer at a sampling rate of 5
MS/s, and 20 times repetition averaged to improve signal-to-
noise ratios. The resulting transient decaying signals had a
useful duration of about 90 ms. This wave capture was re-
peated with various trigger delays in order to access the full
record, with a length of the order of 400 000 words. Repeti-
tion averaging and variable voltage scales resulted in a dy-
namic range considerably greater than 8 bits. The signal ac-
quisitions were repeated for four different positionsyj of

the transmitter and receiver.

The signals were then Fourier transformed and investi-
gated in the frequency range between 110 and 195 kHz
where about one hundred modes were located. In this fre-
quency interval the modes are well separdrage modal
overlap is 0.04) and their parametétse peak positions,,
=wp/27, the widths vy,, and the amplitudesA,,
=Uun(X) uny(y)] can be measured independently for each
mode by fitting the local behavior to a single term of Eg).

The valuesf,,, ym, and| A,,| were extracted from a fit of
_the local behavior ofG|? to a Lorentzian. Then, the phases
"0, of the complex quantitieR A, were determined from
ReG and ImG curves. It should be noted that phageswill

in general not vanish even if the modes are real, because the
phasefy of the transducers’ transfer functiét(f) is part of
theR A,,. Thus, the phases of the modes cannot be extracted
unambiguously. However, under the assumption that the
transducer functioR(f) is smooth(effectively constant over
short frequency intervalswe can extract the variation of
modal phases.

The measurements show that experimental curves for
the real and imaginary parts of the Fourier transform cannot
be fitted on the assumption of real values for the peak am-
plitudes A,,. For example, Fig. 3 presents the rdgablid
curve and imaginary(dashed curveparts of the Fourier
transform for two closely spaced modes. The plot shows a
phase difference of nearlyr/2 between these neighboring
peaks. The transducer functid®(f) cannot change much
over a frequency interval of 0.1 kH#he transducer rings for
at most about 1Qes; its R cannot vary significantly, except
on a scale of 100 kHz Thus, the only explanation for these
data is that one or both of the peaks amplitudgsare com-
plex.

A quantitative estimation of the complexity.e., a de-
termination of the parametey) can be done either from the
statistics of the mode amplitude or the mode phases. First,
the amplitudesA | of all the peaks have been measured and
summarized for four transducer positions in the frequency
interval between 110 and 195 kHz, a total of 420 peaks. The
received signal6) depends on the transducers’ acoustical
contact (notoriously nonreproduciblewith the object, by

We study a small aluminum block with nominal dimen- means of the functio®®. To remove this random influence,
sions 25¢25xX50 mm. Several saw cuts on block edges andhe mode amplitudes for different positions were normalized
four defocusing surfaces in its corners serve to break refledby dividing by the rms amplitude over the entire frequency
tion symmetry and provide sources of diffuse scatteringinterva) before assembly. The value Bf was then calcu-

Two thin, dry-coupled pin transducers are used to transmitated ask?=(|Ay|*)/{|Aq|

and receive transient wideband ultrasonic sigridlameter
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2)2. a value ofK~2.6 was ob-

tained. This corresponds to a value of the paramgfer
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nary parts related to the distribution’s width. There are only
a few modes with phases very different from these values,
with peak amplitudes having imaginary parts greater than
real parts. The parametercan be roughly estimated from
the histogram. The renormalized theoretical phase distribu-
tion p,(6— 6R) is presented in the same figure for three dif-
ferent values ofj (q>=0.05,0.10,0.15). The phase distribu-
tion nearq?=0.1 has the best fit with experimental data.
This result is in fair agreement with the valgé=0.12 ob-
tained from the peak amplitude statistics.

The transducer functioR can in principle vary over the
frequency interval we investigate, thereby artificially enhanc-
ing the apparent fluctuations in peak amplitudes and peak
phases. In practice, however, we observe very little variation.
Our neglect of that effect may be responsible for the minor
discrepancy between these two measureg. of

Fourier transform (real and imaginary)

-5.0 T T T
174.6 174.7 174.8 174.9 175.0

frequency (kHz) IV. CONCLUSIONS

FIG. 3. A short interval of the spectrufsolid line real part and dashed line . We have .advanced a hypOth.eSI.S that the mOdeS of a
imaginary part of the transform function for one position of the transducer S!J'ta,‘b'y generic reverberant, p“t dissipative, elastic body are
pair. The very different phases of the two resonances illustrate the complefistributed as complex Gaussian random numbers. A param-
character of the modes. eterq, being the ratio of the standard deviations of imaginary
and real parts of the modes, is introduced with which to
~0.12, based on Eq(17). This implies a ratio of mean quantify the degree to which the modes are complex. We
squares for the real and imaginary parts approximately equahow, in a single specimen, and in a limited frequency inter-
to 8, (u?) ~8(u?). val in which the resonance peaks are distinct enough to allow
Second, the phases, of all the peaks in the frequency our analysis of single modes, that a single valug appears
interval were measured; a histogram is presented in Fig. 40 account for both the peak amplitude statistics and the dis-
The lowest-amplitude peaks, for which phase was not relitribution of peak phases. This supports our hypothesis of
ably determined, were excluded from this histogram. Most ofGaussian complex modes.
the phases are located in two narrow angular intervals, near Itis shown that this modification, when applied to extant
the anglesd,,,=60 and 240 deg. This suggests that the transtheory for power variances, may serve to reconcile chronic
ducer transfer function phase #~60° and most of the disagreements between theory and measurements. The mea-
modes are almost real with the phases g0 and 180 sured peak amplitude statistics were such tKat2.6, a
deg(positive and negative amplitudés,) with small imagi-  value that would bring a modified theory for power variances
into accord with our previous measurements. All this is sug-
a8 gestive that a final resolution of the chronic problems with
relvar may be at hand. Before that resolution can take place,
however, it will be necessary to craft predictive theory, or at
least independent measurements, for the quantitative mea-
sure of modal complexity.
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Experimental study of sound propagation in a chain
of spherical beads
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In this paper are described experimental observations which are concerned by the propagation of
pulsed ultrasonic waves transmitted through a limited one dimensional periodic granular medium
submitted to a static force. This study—which is limited to a time domain analysis—exhibits
experimental results which depend on the polarization of the acoustic excitation. In the case of
compressional excitation, spherical Rayleigh type surface waves propagate around the beads. In the
case of shear excitation, the experimental recordings point out the existence of a very low signal, the
frequency of which is equal to the cut-off frequency of the chain. Moreover it is established that the
frequency value varies with the radius of the bead, the normal force applied to the beads, and the
mechanical properties of the material. D00 Acoustical Society of America.
[S0001-496600)01610-9

PACS numbers: 43.20.MMDEC]

I. INTRODUCTION Il. EXPERIMENTS

) . . A. Experimental conditions
For many years, the granular media were widely inves- _ S _
tigated in various domains® The propagation of compres- Our expenmental a_naIyS|s is I|m.|ted to the propagation
sional sound wave in linear and nonlinear approximation®f @ souhnd wave in a d:screte one ?mi]nsm_nal .perlo?:c me-
was studied in details: It was demonstrated that the inter- 41UmM- The experimental set-up is sketched in Fi@).1The
action between two adjacent elastic spherical beads is deXC|tat|0n and the detection of the acoustic signals are dif-

- 7-9 ;
. T . o . ?erent from those used by Cost¢al.””® who used a vibra-
scribed by the Hertz' law In the linear limit and in the case tion exciter for the generation of the compressional deforma-

of a chain of identical beads submitted to a static force apgon The experiments are realized with a chain of identical
plied in the direction of the contact points, this law prediCtsspherical elastic beadd) aligned in a cardboard tub@).

the existence of a cut-off frequency. These results which arghe two furthest spheres of the chain are in contact with
well known at the present time were experimentally testechcoustic transmitter@) the central frequency of which is 2.2
and confirmed recentf}? To our knowledge, the propaga- MHz. Two kinds of transmitters are used: compressional and
tion of elastic shear waves in a one dimensional granulashear contact transducefdype Panametrics V106 and
medium was theoretically studi¥d'® but not yet experi- V156). In case of transversal experiments, the emitter and
mentally explored. In this paper our main objective is con-the receiver have the same direction of polarization. The
cerned by studying how a compressional or a shear periodi%hort acoustic signals transmitted through the chain are re-

excitation is transmitted through a chain of few identical corded and visualized on the screen of a digital oscilloscope

spherical beads in contact and loaded by a static force alo Type Lecroy 940pbefore being plotted on a graphic printer

the directi fh tact points. Th i itation | ig. 1(b)]. Steel, brass, glass and nylon beads were used
€ direction ot the contact points. 1he acoustic exclalion 13,q 5 ,se they showed various mechanical and acoustical

realized with contact transducers and the analysis is ”mitegroperties(cf. Table ). The diameter of the spheres varied
to the temporal domain. The experiments realized in thgom 2 to 9 mm. A static force Ro) was applied in the
transmission mode show that the detected acoustic signagfirection determined by the contact points; the loading is
are very different according to the polarization of the acousmeasured with a static force sengby [Kistler SY2717 lo-

tic excitation and detection. Spherical surface acoustic wavesated between the scred) and the acoustic emitt€B). It is
(Rayleigh wave typeare generated when the transmitter issupposed that the static load is transmitted to the adjacent
longitudinally excited. In case of a transversal excitation, the>eads through the contact area without any loss and the fric-
transmitted signals point out the existence of a very lowtion with the cardboard tube is supposed to be negligible.
frequency signal at the beginning of the wave form whose

value varies with the applied static force, the radius of theB. Experimental observations

beads and the material. In Fig. 2 are given two typical acoustic signals recorded
in different conditions of excitation and reception: in Fig.

dpermanent address: LUAP/LED, University Paris 7, Tour 33, boite postalez(a) the excngthn and the detectlor} are longitudinal; in Fig.

70/87, 2 place Jussieu 75251 Paris Cedex 05, France. Electronic maig(b) the excitation and the detection are transversal. The

mdebilly@ccr.jussieu.fr static force is the same for the two records € 30 N) and
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FIG. 2. Influence of the polarization of the transmitters on the detected
acoustic waveform(The chain is formed with five beads of 8 mm in diam-

Pulse Generator eter) (a) Longitudinal excitation and receptid0 mv/div). (b) Transversal
Amplifier ) excitation and receptiot0 mv/div).
Signal
Synero. L_»Q characteristic features that we verified with our technique in
- case of individual spherical beads submitted to a longitudinal
Oscilloscope . .
excitation.

FIG. 1. Experimental set-up(@ Mechanical apparatusb) Electronic (@
device.

the chain is formed with five steel beads of 8 mm in diam-
eter. We may note that the first sigriélig. 2(a)] is charac-
terized by the presence of a high frequency time response)
whereas the second oifEig. 2(b)] is characterized by the
existence of a very low frequency signal on which a high
frequency component is superimposed.

[Il. LONGITUDINAL EXCITATION AND DETECTION

In Fig. 3(a) is plotted the transmitted echographic struc-
ture observed by transmission through a chain which consists
of five steel beads of 8 mm in diameter in case of longitudi-
nal excitation and reception. The acoustic wave form points
out a periodic structure showing extrema regularly spaced in
time. The structure between two adjacent echoes is very
similar [see Figs. &) and(c)] and we observe that the fre-
guency of the transmitted signals is equal to the frequency of
the excitation of the emittef2.2 MHz) [see Fig. &)]. In
order to interpret the acoustic response obtained with a
chain, a brief analysis of the signal obtained with one bead
was first undertaken.

A. Case of a spherical bead

The propagation of a spherical surface acoustic wave
(SSAW) on one bead was studied in a recent past with laser
techniquet’*81t was shown that the detected signal presents

TABLE |. Acoustic and mechanical parameters of the different beads used
in the experiments.

C. Cr Ckr p E (10 v
Material (mls (mls (mly  (kg/nm) N/m?)

Steel 5960 3235 3005 7.85 21.6 0.276

First it is verified that the amplitude of the echographic
structure[Fig. 4(a)] diminishes when the sphere is sur-
rounded by glue stuck on the surfadég. 4(b)]. This

is a very characteristic behavior of a Rayleigh type
surface acoustic wave.

When the transmitters are facing each other, the spheri-
cal surface wave converges and diverges from the
poles, which undergoes &2 phase shift. This is ex-
perimentally verified with a steel sphere of 6 mm in
diameter{Fig. 4(c)].

g 1

€ 46.80 us

At 440ns £ 2.27 Miz

Glass 5968 3764 3350 2.2 7.3 0.172  FIG. 3. lllustration of the periodicity observed in the transmitted signal
Brass 4347 2127 1986 8.2 10.4 0.374 through a steel bead of 8 mm. The excitation and reception are longitudi-
Nylon 2620 1070 1007 1.1 0.35 0.40 nally polarized:(a) 10 us; 10 mV/div; (b) 5 us; 10 mv/div;(c) 2 us; 5

1487 J. Acoust. Soc. Am., Vol. 108, No. 4, October 2000

mv/div; and(d) 1 us; 5 mv/div.
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10 20 30 40 50 FIG. 5. Influence of the defect of alignment on the wave observed with a
Time in microseconds steel bead of 8 mm in diametérertical scale: 0.1 V/dix

B. Case of an array of spherical elastic beads

C The train waves detected in the case of two identical
spherical beads have shown the four behaviors described in
the previous section as it is illustrated by the echographic
structures presented in Figs. 6 an@7 Besides the confir-
mation of the existence of the echo regularly spaced in the

L L L ' | time domain, the comparison between the two wave trains in
10 20 . 30. . 40 50 the figures confirms that when glue is applied on the surface
Time in microseconds . ! .
of the two spheres in contact, the amplitude of the signals
3300 e e T e decrease$Fig. 6(b)]. In Fig. 7(@), the = phase shift is ob-
e Measurement with one bead 1 d served whereas the group velocity measured with two beads
s2s0 £ 3 of different radius reveals la dependencéFig. 7(b)] simi-
3200 - ] lar to the one observed with one bead. In addition, as it was
3150 [ E verified in the case of one bead, the limit value of the group
: ] velocity (=3020 m/$ for large values oka coincides with
; ] the velocity of propagation of the Rayleigh surface wave on
soso p ¢ e T an infinite plane(=3005 m/3.
T Y J) T WU S DU U N S DT Because of all these observations, we concluded that the
5 8 10 12 14 16 18 :ao 22 regular peaks observed on the transmitted acoustic records
[Figs. 6a) and 7a)] are resulting from the superposition of

3100 | b E

Group Velocity (m/s)

FIG. 4. Typical recc_)rdings illustrating the SS_AW prc_)pert(ease of one SSAW which propagate around the two spherical beads. In
steel bead of 8 mm in diamejefa) The sphere is freéwithout glue on the the followi i H tended thi USi to th
surface. (b) Glue is stuck on the surface of the sphd®.Confirmation of e following V\_’e Per m(_an y exten e '_S conclusion 1o the
the /2 phase shift at the contact points) Group velocity dispersion curve  case of a chain including several identical spheres. In that

as a function oka. case, the contact area between two adjacent spheres behaves

3

(4)

as a point source.

Such investigated spherical samples are dispéfsive C: Amplitude analysis of the echographic structure

and the group velocity of the SSAW varies with the obtained with a chain of identical beads

dimensionless quantitya wherek represents the wave With an array of spherical balls, the most surprising ef-
vector and a the radius of the sphere. This is confirmedect is concerned by the observation—under certain
in Fig. 4(d) where the variations of the group velocity

are plotted as a function dfa.

If the transmitters are moved away from the poles, or a

if the beads are not well calibrated, or if the front faces
of the transmitters are not well parallel, the recorded
wave forms carry out the superposition of two slightly
shifted signals, which gives rise to a structure whose
shape looks characteristic of a frequency dispersion b

[Fig. 5(@)]. Still, under certain conditions two signals
may be clearly observedFig. 5b)]. H’M"‘“

1

From these experimental observations, it may be clearly 0 20 20 50 80 100

concluded that, with our simple experimental technique, Time in microseconds
spherical Rayleigh type acoustic surface waves are generated

on the surface of a bead when it is submitted to a longitudi

FIG. 6. Typical recordings showing the SSAW properfiesse of two steel
‘beads of 8 mm in diameter(a) The spheres are freé) Glue is stuck on

nal excitation via contact transmitters. the spheresthe vertical scale is the same for both records.
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FIG. 7. (a) Experimental record showing the phase shift at the contact d
points in case of two steel ballsl€ 8 mm). (b) Group velocity dispersive five beads

curve as a function ofa (case of two steel ballgj=8 mm).

conditions—of the increase of the amplitude of the echoes as

the distance traveled by the surface acoustic wave increases e

this is in contradiction with the fact that the SSAW attenu- six beads

ates as it propagates. The experimental data reveal that th

amplitude variations of the echoes depend on the number o

the spheres, on the material and also on the radius. The wav L

forms redrawn in Figs. 8-10 illustrate these observations. 0 10 15 20

Figure 8 shows the evolution of the transmitted acoustical Time in microseconds

wave form as a function of the number of the beads in the;g. g. Evolution of the transmitted wave form as a function of the number

chain made up of steel spheres of 8 mm in diameter. Thef beads in the chaifsteel spheres of 8 mm in diametevertical scale(a)

data plotted in Figs. @) and(b) were obtained, respectively, S50 mv/div;(b), (c) and(d) 20 mv/div, and(e) 10 mv/div.

with two spheres of 8 mm in diameter and of different ma-

terial: steel and glass, respectively. The wave trains repredetected after one, two,p;, paths around one sphere. Ex-

sented in Fig. 10 were recorded, respectively, with four stegberimental wave forms are given in Figs.(&(d); these

and glass spheres of 5 mm in diameter. plots are obtained with one sphere of different materials:
In these figures, we may notice the regular time spacedteel, glass, brass and nylon, respectively. The experimental

position of the echoes and also the increasing amplitude dttenuation curves, deduced from the previous records, are

the echoes, except in the FiggaBand 9b) in which the reported in Fig. 12 for steel, glass and brass spheres. A com-

amplitude of the successive signals decreases continuouslyarison between the three plots confirms that the brass ma-
In the following, in order to justify the amplitude varia- terial attenuates the SSAW much more than the glass and

tions of the echoes we suggest an elementary interpretatisteel beads which is in agreement with the results published

based on the attenuation of the SSAW as they propagaie the literature'®-2

around the spheres. Let us chlll the number of realizations The values of the amplitud&;(=N;a;) obtained from

that the SSAW may execute in order to travel a given disthe attenuation measurements should be compared with the

tance L;=2map; where p; represents the circumferences amplitude @;) directly measured on the acoustic signals re-

around the spheres before being detected. This nuiNpber corded after the SSAW have traveled the whole chain. Nu-

increases drastically with the number of the beads. In a firstnerical comparisons between these two determinations are

approximation, we have considered that the amplithdef  given in Tables Il and Il for different chains made up, re-

the echoE; (which corresponds to a given tinig may be  spectively, with two steels beads of 8 mm in diameter and

evaluated as the product bf times the amplitude; of the  with four steel spheres of 5 mm in diameter. In Figs(al3

acoustic wave which traveled the distarige The evalua- and(b) are compared the normalized amplitudgsand A

tion of the amplitudey; as a function of the distandg , was  as a function of the echo numbeE;| for the two investi-

obtained from the amplitude measurements of the echoagated chains. Although these two determinations do not

G
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FIG. 11. Acoustic wave forms obtained with different materials for the
attenuation measurement§,=20N andd=8 mm). (a) Case of a steel
bead (b) Case of a brass bea@) Case of a glass bea@) Case of a
nylon bead.
FIG. 9. Acoustic wave forms obtained with two steel be&jsand glass
beads(b); d=8 mm. o . ..

) transversal excitation and we discuss the origin of the low

. ] _frequency component observed in the wave form.
agree very well, the existence of a maximum of the ampli-

tude is clearly demonstrated in both cases which justifies the

shape of the wave form which is experimentally observed imA. Experimental observations
case of an .aCOUSt'C pulse_transm|tted through a qham of iden- The generation of shear waves with contact transducers
tical spherical beads. This elementary explanation does n%tf 2

take into account the reflection and the transmission coeffi; 2 MHz in central frequency yields transmitted signals
cients at the contact points. This problem which is directl the wave form of which are very different from the one ob-
P ’ b Yserved with longitudinal excitation. This is illustrated in Fig.

related to .thg fI’ICtIOI’]. effects should be developed to get 4 which shows the influence of the polarization of the trans-
better realistic behavior at the poles and a better agreement.

between the two determinations of the amplitude of the echTItters on the detected acoustic signal. The static fofe (

06s =30N) is constant for the two recordings and the chain is
' made up with 15 steel beads of 5 mm in diameter. In Fig.
14(a), the emitters are both transversally polarized and lon-

IV. TRANSVERSAL EXCITATION AND DETECTION gitudinally polarized in Fig. 1é). The first plot carries out a

In thi . | h i sianal _very low frequency signaltypically few tenths of kHgz the
n this section, we analyze the a_coust|c sigha tr"_’msm'tétructure of which shows a large Gaussian type shape pulse
ted through an array of beads submitted to a sinusoidal and

‘H a 10 IRAE R AL
\‘;‘ ! " o e Steel |
Steel H i | ‘ - [ A Glass |1
Y “i “; | S + Brass |]
‘ = » ]
‘1‘ | Lk b —E-" ]
i Kl o * 4
Glass N < L
¥ 1
il
) X ) ) | 0,1 saa s o b ey ol | EFETETETS SR SOy
0 20 a0 60 80 100 6o 1 2 3 4 5 6 7
Time in microseconds Distance

FIG. 10. Acoustic wave forms obtained with four steel be@lsand four FIG. 12. Experimental attenuation measurements of the signal detected after
glass beadg¢b); d=5 mm. (a) 10 mv/div and(b) 5 mv/div. one, two, three,... travels around one sphere.
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TABLE Il. A comparison between the amplitudes;] of the echoe<; :
obtained from the attenuation measurements and the amplitAdeof the 110 T 117171 Q

]
echoe<; measured directly on the acoustic signmlrepresents the number E 100 £ : 4 o Al _
of circumferences traveled by the SSAW around the sphghescase of i A A Al ]
two steel beads of 8 mm in diameter g 9F . . E
« E [ ] 1
- - - = 80 . : . 3
Number of  Realization Normalized Normalized = F 3
Echo number circumferences number  amplitude amplitude g 70 & ' . . E
(Ey) () (ND) Ai=Nia Al & 60F i
1 1 1 54 52 g soF ¢ . E
2 2 2 87 79 5 3 . . 3
3 3 3 98 100 z 40"""""'6 . 10
4 4 4 100 98 0 2 4
5 5 5 95 84 Echo number (Ei)
6 6 6 86 71
7 7 7 78 53
8 8 8 65 42
%120""""""""""'b
followed by oscillations, the amplitude of which decreases Z 100 E PN E
with time. The second wave forifFig. 14b)] reveals the g - o 0t ]
presence of high frequency signals. s 80 c o ®e ]
= C . ]
1. Influence of the frequency of excitation E 60 4 ' 7
C . — ]
The experimental data confirm that the value of the fre- 8 40 F . . ﬁi' ]
quency of the low frequency wave for(described abovds g 2wbE ae’ 3
the same whatever is the excitation frequency as long as the ’26 f ae ]
other experimental conditions are identical. 0 A —— = :
0 5 10 15 20
Echo number (Ei)

2. Influence of the number of the beads in the array

With our experimental device, the amplitude of the de-FIG. 13. A comparison between the two determinations of the amplitude
tected signals is very small and the shape of the wave form ia"dA; of the echoes; .
directly related to the number of the beads in the chain as it

is confirmed in Figs. 15, which represent the evolution of thesuperimposed high frequency component is shifted and de-
acoustic wave form as a function of the lendth of the  creases as the number of beads increases, giving rise to a
chain(L=8 N in mm, withn=1 to 7, respectively, in Fig. perfectly smooth low frequency signal.

15). In these experiments, the steel spheres are submitted to a

constant normal static forcéd-=30N). We notice that the
3. Influence of the radius of the beads

TABLE Ill. A comparison between the amplitudesj of the echoes; In Fig. 16 are plotted the signals recorded for different
obtained from the attenuation measurements and the amplitAdef the values of the radius of the steel beads which make up the

echoes; measured directly on the acoustic signglrepresents the number : . : — - )
of circumferences traveled by the SSAW around the sphghescase of chain submitted to investigation. The normal force is con

four steel beads of 5 mm in diameter

Number of  Realization Normalized Normalized
Echo number circumferences number  amplitude amplitude a
(Ed) (i) (N;) Ai=N;g A
1 2 1 3
2 3 4 10 5
3 4 10 21 10 h
4 5 21 33 20
5 6 35 49 28 b
6 7 56 63 43
7 8 84 76 64
8 9 120 87 74
9 10 165 93 92 b
10 11 210 95 97
11 12 276 100 100 . . . . I
12 13 354 99 97 0 100 200 300 400 500
13 14 445 100 89 Time in microseconds
14 15 550 100 89
15 16 670 97 82 FIG. 14. Typical wave forms observed with identical transmitteese of
16 17 806 91 77 15 beads of 5 mm in diameter; 10 mv/giya) Transversal excitation and

detection.(b) Longitudinal excitation and detection.
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B. Analysis of the experimental results

Taking into account the experimental observations re-
ported in the previous section, two origins may be suggested
for the interpretation of the low frequency component: a pos-
sible mechanism socalled “secofar Brillouin) precursor”
and a dynamic approach in which the chain is considered as
a linear array of masses coupled by springs of stiffness con-
stantCy.

1. Second or “Brillouin precursor”

The treatment of electromagnetic wave in a dispersive
medium was originally examined by Brillouf,the results
that he obtained are sufficiently general so that they can be
used for elastic waves. It was demonstrated that the evalua-
tion of the amplitude of the field can be achieved by calcu-
lating integrals with the stationary phase techniét.In

these references it is shown that the dominant contributions
to the integrals exist when the phase is stationary. Then
evaluating and summing the contributions of the integrals in
the neighborhood of each point of stationary phase, a good
approximation of the amplitude of the field is obtained. In
fact the calculations pointed out that the integrals are domi-
nated by two regimes of frequency which correspond to the
existence of two signals or “precursorgtf. Fig. 7.16 in
Ref. 23 the properties of which are briefly reminded. The
amplitude of the first(or Sommerfeld precursor is very
small and its frequency is high. The secofwt Brillouin)
precursor of larger amplitude appears when the frequency
goes to zero; its frequency depends on the properties of the
medium and increases with time. Moreover, it can be math-
ematically justified that this precursor decays as the time
increases.

By considering the experimental recorded wave trains
(for example, see Figs. 15 and)1& appeared interesting to
consider these precursors as a possible mechanism for the
interpretation of the wave forms. However, the low fre-
quency components of these experimental records do not
verify the properties of a second precursor: the frequency

stant €o=30N) and the value of the length of the chain is does not increase and the amplitude does not exponentiall
roughly the same as it is indicated in Table IV. From these P P y

recordings, it may be concluded that the cut-off frequency 01iiecreases as soon as the precursor is created as it is illus-

the chain decreases as the radius of the spherical beads w@ted in Fig. 7.18 of Ref. 23. For these reasons, we consid-
creases ered that the precursors could not be held for the interpreta-

tion of the investigated echo wave forms.

e M%/—\/\/‘\V/N/(MW
Memory C
20pus .1V
f MN\M Memory D
20pus .1V

<1>s 1000
20ps 1V

L R T S TP |
0 50 100 150 200
Time in microseconds

FIG. 15. Evolution of the acoustic signal as a function of the lerigjhof
the chain(steel beads of 8 mm in diameter aRg=20 N): (8) L=8 mm);
(b) L=16mm; (¢) L=24mm; (d) L=32mm; (¢) L=40mm; (f) L
=48 mm; (g) L=56 mm.

4 Influence of the material 2. Study of the dynamics of the chain

) o The other possibility for the identification of the signal is
The experimental variations of the cut-off frequencyiy consider that it is a “chain mode” due to the one-

(f¢) as a function of the normal static foré (in Newtons  §imensional periodicity of the mediuf?252%In the follow-

are plotted in Fig. 1(&) for two different kinds of spheres ing we give a sketch of the theoretical approach which is
(brass and steglThe diameter of the beads is 8 mm and the.yncerned by this problem.

common length of the chains is 48 mm. Similar data are

) i on ' Consider two identical perfectly elastic spherical beads
obtained with glass and steel balls of 5 mm in diamgkeg.

s " in contact and submitted to a constant static fdfgewhich
17(b)] and the length of the chain is 40 mm. We notice thatig anplied along their axis. Assuming that a tangential force
ordinates scaling is changed in Fig.(Bwhich is justified (£ y is superimposed to the static loading and that there is

by the changing of the diameter of the spheres between the, gjin hetween the bodies, it was demonstAtdd that the
two series of experiments. Referring to these experimenta&ompliance of the two identical beads is written as
data, it is verified that the variations &f as a function of

are the same whatever the medium of propagation and the
value of the radius of the beads.

_61'_2_1/
T Fr 4uR’

@
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whereu is the modulus of rigidityy is the Poisson’s ratidR
is the radius of the contact circte (6Fya)Y/3, with §=3(1
—v?)/4E (E designates the Young’s modulus of the mate-lar frequencyw. above which no wave propagates is given
rial).

Time (microsecond)

developed for this kind of periodic structure confirms the
existence of a cut-off frequency ) of the chain. The angu-

by

In Table V are given orders of magnitude of the contact
radius for different materials of the bea@s=4 mm and
Fo=30N). . 3
In a linear approximation, the dynamics of the chainWherem=3ma“p is the mass of the spheres andhe den-
may be described by an array of identical masses coupledity of the material.

with linear springs of constar@;. The well known theory

we.=2mf=21/Cim, (2)

Carrying out the expressions &t [Eqg. (1)] andm in
Eq. (2), we get the following expression for the cut-off fre-

TABLE IV. A description of the arrays used for the study of the variations QUENCY:
of the cut-off frequency versus the radius of the beads.

1 3 1/2
Diameter Number of Length fo=— [_
Figure 16 in mm beads in mm m| 2m(1+v)(2—v)
a 3 29 87 X[ %( 1— VZ)]llepf1/2E1/3a—4/3F(1)/6_ 3)
b 35 22 77
o : 19 76 This theoretical relationship based on the Hertz’ theory of
2 (55 12 ;2 contact predicts proportionality of the cut-off frequency to
f 7 1 77 the sixth root of the compressional loading and to the minus
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four-third root of the radius of the sphere. The medium de-
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