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Broadband passive synthetic aperture:
Experimental results

Edmund J. Sullivan®
EJS Associates, Portsmouth, Rhode Island 02871

Jason D. Holmes” and William M. Carey”
Department of Aerospace and Mechanical Engineering, Boston University, Boston, Massachusetts, 02215

James F. Lynchd)
Department of Ocean Physics and Engineering, Woods Hole Oceanographic Institution, Woods Hole, Massachusetts
02543-1050

Abstract: Bearing estimation using an acoustically short towed array can
be enhanced by the incorporation of a realistic signal model. By casting the
problem as a joint estimation of bearing and source frequency, the bearing
estimation performance, as measured by the variance of the bearing estimate,
can exceed that of the conventional array processor. Experimental results
based on the radiated noise of a ferry are shown. Bearing estimation results
using an array of acoustic length of approximately two wavelengths are com-
pared to results using the same data but with a conventional frequency do-
main beamformer. A significant improvement in performance is demon-
strated.
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1. BACKGROUND

Passive synthetic aperture is a means of enhancing the performance of a moving array by ex-
ploiting the information in the Doppler. For example, in the case of bearing estimation, the
forward motion of a towed array causes a difference in the spectrum of the received signal as
compared to that of the signal at the source.' A simple example of this can be seen from the
Doppler equation as follows. Consider a narrow-band plane wave signal of radian frequency
arriving at a receiver that is moving with speed v, where the direction of propagation of the
signal is at angle @ with respect to the normal to the direction of motion of the receiver. The
frequency of the received signal will be Doppler shifted to frequency w, and the sign of the
product v sin 8 determines the sign of the Doppler, i.e., positive implies up Doppler. The rela-
tion between w and w is given by

o= w1+ (v/c)sin 6]. (1)

Here, c is the speed of sound in the water. Thus, if one has knowledge of the source frequency,
the bearing can be found. Passive synthetic aperture bearing estimation exploits this idea by
casting the problem as a joint estimation of the source frequency and the bearing angle. In this
. . 2 . .
paper, the problem is cast in the form of an extended Kalman filter.” More information on
passive synthetic aperture and its history can be found in Ref. 3 and references therein.
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2. THEORY

Consider first a narrow-band version of the problem. Let a line array of N receiver elements be
moving with speed vin the +x direction of a x—y coordinate system. Let the plane-wave signal
be arriving at angle 6 with respect to the y axis, measured to be positive for clockwise rotation.
The signal at the nth receiver can then represented in complex form as

Sn(t) — ane[(wo/c)(anrvt)sin f)ﬂ'wot. (2)

As before, w is the radian frequency of the signal at the source, x,, is the coordinate of the nth
receiver element, 6 is the bearing angle measured from broadside, a,, is the signal amplitude,
and ¢ is time. We choose to work in the phase domain, since this avoids the need to include the
signal amplitude as a nuisance parameter. This leaves the two parameters w, and 6 to be esti-
mated. The state equation of the Kalman filter is given by

ot|t—1) |1 01| a(t—1]t—=1) )
wy(tlt—1) 0 1 ][awt=1t=1) ]
Note that there are no dynamics in the state equation. This is based on the assumption that the
parameters are changing slowly in time.
Since there is a non-negligible bearing rate in parts of the data record, a version of the

algorithm was constructed where a bearing rate was augmented into the state equations. For this
case, Eq. (3) becomes

otlt—1) 1 At 0] 6Gt—1]t—1)
a(tjt=1) [=]0 1 0l at—1]t-1) |, (4)
wy(t]t—1) 0 0 1 || wy(t—1]t—=1)

where « is an estimate of 96/ ¢, and At is the update time increment. In both Egs. (3) and (4),
the notation is designed to indicate the update process. For example, 6(¢|¢—1) is the predicted
value of @ at time ¢ based on the data up to time 71— 1.

Now consider the broadband case. Since we choose to work in the phase domain, the
measurement equation is based on the exponent in Eq. (2). Consider a discrete spectrum of the
broadband signal. This will have a set of phases associated with it. Since these phases are re-
lated by the frequency index, an average phase can be computed as

My My
1 1
g, =— > {m(wy/c)(nd+ u)sin 0+ mwyt + ¢, }im=— > {m(wy/c)nd sin 6
Am m=M Am m=My ,
+ ¢mn}/m tiwt. (5)

Here, o=wy[1+(v/c)sin 6] and is the lowest frequency of a discrete Fourier transform
(DFT) of the data at the receiver and M, and Myy; are the respective low frequency and high
frequency indices of this DFT. Am=M;—M;,+1 is the number of frequency components
of the DFT, d=x,—x,,_; is the interelement spacing of the line array receiver elements, ¢,,,
is an arbitrary phase, and m is the frequency index. Note that this refers all of the phases to
that of the lowest frequency line of a virtual DFT at the source.

Since only the phase differences are relevant to the problem, there are only N—1
receiver-based measurements for the N receivers. Assuming that the arbitrary phase terms ¢,
average to a negligibly small value, the N—1 measurements, based on the model of Eq. (5), are
given by

yn:lﬁrwlil;[/m nzlaza"'aNila (6)

where the wf term has canceled out. There is an auxiliary measurement equation that is based on
the observed frequency. This is basically the Doppler relation of Eq. (1) and is given by
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yy=w= w1+ (v/c)sin 6]. (7)

In this equation, w, can be thought of as the lowest frequency of a virtual DFT of the signal at
the source. The resulting measurement system has the (nonlinear) form

Vi (d/c)wysin 6
Vs (d/c) wysin 6
| = : . (8)
VN-1 (d/c)wysin 6
| v | | @0t (We)wgsin 6 |

3.ALGORITHM

Since the measurements are based on the relative phases of the receiver signals, some prepro-
cessing must be done. The first step is to perform a discrete Fourier transform (DFT) over a
selected time window. This time window must be no longer than the time of any significant
change in the bearing. The phases of the complex amplitudes of the DFTs are then computed.
Next, these phases are averaged over frequency and the pairwise elemental differences are com-
puted. That is, for the phase difference, we must evaluate the following preprocessed measure-
ment for each DFT.

MHI

=— > - dYm, n=12,... ,N—1 )

A vl

In the above equation ¢/ is the measured phase of the mth frequency component for the nth
receiver, and is to be compared with the bracketed term in Eq. (5). The frequency measurement
for Eq. (7) is taken to be the lowest frequency of the DFT of the received signal.

4. DESCRIPTION OF THE EXPERIMENT

The experimental data were obtained as a data set of opportunity. During an experiment carried
out jointly by Boston University and Woods Hole Oceanographic Institution, using the autono-
mous Undersea vehicle REMUS, a short (six element) array was towed. During the experiment,
a ferry from the mainland of Cape Cod on its way to the 1s1and of Nantucket passed through the
area. The resultlng data provide the basis for this work.*

The six element array, which had an element spacing of 0.75 m, was towed at a speed
of 1.5 m/sec. The ferry appeared by emerging from a shallow region, known as Tuckernuck
Shoal, at an angle very close to broadside (0°) to the towed array, and the closest point of
approach occurred at approximately 20°. The array was moving in a straight line toward the
course of the ferry, which was moving at approximately 20 kts, on a straight course from left to
right with respect to forward endfire of the array. This configuration is depicted in Fig. 1. The
points A and B are the ferry positions for the respective beginning and closet point approach
(CPA) of the data used in this work. The distance between these two points is approximately
2 km. Although the radiated sound from the ferry was quite broadband, extending over a band
from about 100 to 1000 Hz, there was a particularly strong band of energy occurring between
890 and 920 Hz. This energy band was selected for the data in this paper. At this band of fre-
quencies, the array has an acoustic length of approximately 2.3 \.

A sequence of 8000 0.1 sec DFTs was generated in order to obtain the phase averages
over the full 800 sec of the data. The band was then constrained to the lines between 890 and
920 Hz. These phase averages constituted the basis of the measurements used in Eq. (9). The
frequency measurement was taken directly as the lowest frequency of the DFT of the data. An
extended Kalman filter (EKF), based on Egs. (3), (4), and (8) was then used to process the data.®
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Fig. 1. (Color online) Configuration of the experiment.

DISCUSSION

The results are shown in Figs. 2 and 3. In both figures the vertical axis is time in seconds. The
left panel of Fig. 2 is the result of beam forming the data with a conventional frequency-domain

beam former, and is

computed from

N

Pl )=3 D (e B UE ()

My

n=1 m=My ,

(10)

The bracketed term is the steering vector and F, (f,,,n) is the frequency domain signal

at the nth hydrophone associated with the time 7;. The left panel of Fig. 2 depicts the squared
magnitude of p(¢;, 6;), normalized for each ¢;.
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Fig. 2. Results for the random walk case.
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Fig. 3. (Color online) Results for the bearing-rate augmented case.

The center panel shows the maxima of the plot in the left panel, and the right panel
shows the synthetic aperture result. As expected, both estimators fail to resolve the bearing in
the neighborhood of endfire. After endfire, beginning at about 400 sec, the synthetic aperture
clearly shows the cumulative effect expected of such a processor. This occurs since the bearing
rate is small, and therefore the random walk state model of Eq. (3) is valid.

Figure 3 depicts the results for the case where the bearing rate is augmented into the
processor. The left panel shows the bearing estimate, the center panel shows the estimate of the
bearing rate, and the right-hand panel shows the estimate of the source fundamental frequency.
Note that this frequency is not constant, since the source itself is undergoing nonzero accelera-
tions. Thus, before endfire, it has an up Doppler and after endfire, a down Doppler. Thus, the
apparent fundamental frequency of the virtual DFT at the source must adapt to these speed
changes.

The fact that the bearing estimate in Fig. 3 shows some improvement over that of Fig.
2 bears some explanation. The Kalman filter requires that the user specify a trial value for the
state error covariance. The value chosen constitutes a lower bound on the eventual state error
covariance. This provides a means for the user to control the convergence rate of the process.
That is, the larger this covariance is chosen to be, the faster the convergence of the processor;
but at the price of a noisier estimate. The estimate in Fig. 3 allowed a smaller value for this
covariance to be used, since the convergence requirements for the case of a nonzero bearing rate
are eased by the inclusion of the bearing rate directly into the dynamics via Eq. (4). Thus, the
limiting state estimation error is smaller in Fig. 3 (Left panel), than that in Fig. 2 (Right panel).
This adjustment of the covariance input to the Kalman filter is referred to as “tuning,” and is
discussed in depth in Ref. 2.

The performance of the synthetic aperture processor presented here is a consequence
of proper modeling. There are three elements to the model structure. First, the proper inclusion
of the Doppler provides additional bearing angle information, second, the modeling of the state
as a Gauss-Markov process exploits the memory implicit in such a recursive model, and third,
explicitly including the bearing rate in the model further decreases the bearing error.
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New Fellows of the Acoustical Society of America

Anthony W. Gummer
For contributions to the mechanics
of mammalian and avian cochlea

Hiroshi Riquimaroux
For contributions to bat sonar

Ben Zinn
For contributions to combustion acoustics

Joos Vos
For contributions to community

response to impulsive noise

The 151st meeting of the Acoustical Society is adjacent to the convention center. This is the second time that the Society
f America held in Providence has met in this city, the previous meeting being held in 1974.
o ’ The meeting drew a total of 1353 registrants, including 248 nonmem-
Rhode Island bers and 362 students. Attesting to the international ties of our organization,
113 of the registrants were from outside North America. There were 29
registrants from the U.K., 16 from Japan, 9 each from France and Taiwan, 7
from Spain, 5 each from the Netherlands and South Korea, 4 from Belgium,
3 each from Australia, Denmark, Germany and India, 2 each from Austria,

The 151st meeting of the Acoustical Society of America was held 6-9
June at the Rhode Island Convention Center in Providence, Rhode Island.
Some meeting events were also held at the Westin Providence Hotel, which
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Ireland, Italy and New Zealand, and 1 each from Brazil, China, Greece,
Hungary, Kuwait, Malaysia, Russia, Switzerland and the United Arab Emir-
ates. North American countries, Canada, Mexico, and the United States,
accounted for 43, 2, and 1195, respectively.

A total of 1046 papers, organized into 102 sessions, covered the areas
of interest of all 13 Technical Committees and the Committee on Education
in Acoustics. There were also 23 meetings dealing with standards. The Mon-
day evening tutorial lecture series was continued by Emil Okal, Northwest-
ern University. His tutorial, “The 2004 Sumatra earthquake and tsunami:
Multidisciplinary lessons from an oceanic monster,” was presented to an
audience of about 80. A short course on “Underwater Acoustic Communi-
cations” was presented by Pierre-Philippe Beaujean, Florida Atlantic Uni-
versity, to a class of 21 participants. Nikolai Andreevich Dubrovskiy, Direc-
tor of the N. N. Andreyev Acoustics Institute, Russian Academy of Sciences,
presented a Distinguished Lecture titled “Status of Acoustics in Russia.”

The Society’s 13 Technical Committees held open meetings during the
Providence meeting where they made plans for special sessions at upcoming
ASA meetings, discussed topics of interest to the attendees and held infor-
mal socials after the end of the official business. These meetings are work-
ing, collegial meetings and all people attending Society meetings are en-
couraged to attend and to participate in the discussions. More information
about Technical Committees, including minutes of meetings, can be found
on the ASA Website (http://asa.aip.org/committees.html) and in the Acous-
tical News USA section of the September issue of JASA.

The Technical Committee on Signal Processing in Acoustics sponsored
its eighth Gallery of Acoustics at the meeting. The winning entry titled
“Kemplen’s Speaking Machine” was submitted by Tamas Bohm, Massachu-
setts Institute of Technology, who received the $350 prize.

The Technical Committee on Architectural Acoustics sponsored a Stu-
dent Design Competition that involved the design of a city municipal build-
ing, including a council chambers and courtroom. The entries were judged
by a panel of architects and acoustical consultants. The first prize winner
will receive a cash award of $1000 and entries selection for “commenda-
tion” awards will receive $500 each. Announcement of the award winners
had not yet been made at the time this report was written.

There were several other special events presented. A “Composed
Spaces Loudspeaker Concert,” sponsored by the Technical Committee on
Architectural Acoustics, was a session where works of music and sound art
were presented by their composers. Sound artist China Blue presented two
of her works, including “4 Ball Corner Pocket,” which uses spatial recording
to capture and manipulate the acoustic element of a billiard game and
“Mikey vs. Fabio,” a study of the acoustics of a ping-pong game. She also
displayed paintings of her visual interpretation of acoustic flow in different
environments.

An exhibit was held that featured displays with instruments, materials,
and services for the acoustical and vibration community, including sound
level meters, sound intensity systems, and signal processing systems. Ex-
hibitors ~ were as  follows:  American  Acoustical  Products
(www.aap_usa.com), bkm (www.bkmtech.com), Bruel and Kjaer
(www.bkhome.com), Eckel Industries (www.eckelusa.com), G.R.A.S.
Sound & Vibration (www.gras.us), MBI Products Company, Inc. (www.m-
biproducts.com), PCB Piezotronics/Larson Davis (www.pcb.com), RESON
Inc. (www.reson.com), Seneca Lake Test Facility (www.npt.nuwc.navy.mil/
seneca), Soundown Corp. (www.soundown.com), Tucker-Davis Technolo-
gies (www.tdt.com).

Over 300 meeting attendees attended the showing of the film Touch the
Sound at a theater near the Convention Center. The movie featured Evelyn
Glennie, a Grammy winning classical percussionist who is blind.

The Student Council sponsored a Grant Writing Workshop for students
and post-docs that focused on the mechanics of grant writing, including
white papers and letter proposals, full proposals, essential components, and
budget writing. This was followed by the Student Reception, which pro-
vided an opportunity for students to meet informally with fellows students
and other members of the Acoustical Society. The Student Council presented
the Student Council Mentoring Award to Lawrence A. Crum, University of
Washington, at the social.

The local committee arranged two technical tours. The first was held
on Monday, 5 June, and included a visit to the acoustic test facilities at the
Naval Underwater Warfare Center (NUWC) in Newport, RI. The tour in-
cluded the acoustic tank, pressure tank, antenna test chamber, and anechoic
chamber. The second tour was to the manufacturing facilities of Eastern
Acoustic Works (EAW) on Thursday, 8 June. EAW has been one of the
industry leaders in the design and manufacture of loudspeakers, electronics,
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FIG. 1. Lawrence A. Crum, recipient of the 2006 Student Council Mentor-
ing Award.

and acoustic test and measurement equipment. The tour included visits to all
major design and manufacturing areas, a presentation of some selected prod-
ucts and technologies by the Engineering group.

Social events included the two social hours held on Tuesday and
Thursday, an opening reception for the Exhibit, an ice-breaker and a recep-
tion for students, the Fellows Luncheon, and the morning coffee breaks. A
special program for students to meet one-on-one with members of the ASA
over lunch, which is held at each meeting, was organized by the Committee
on Education in Acoustics. The luncheon sponsored by the Committee on
Women in Acoustics drew over 100 participants. A program was also ar-
ranged for the 40 accompanying persons who attended the meeting.

Amar Bose, Bose Corporation, was the speaker at the Fellows lun-
cheon, which was attended by over 150 people. The Fellows luncheon is
now open to all meeting attendees.

These social events provided the settings for participants to meet in
relaxed settings to encourage social exchange and informal discussions.

The plenary session included a business meeting of the Society, an-
nouncements, acknowledgment of the members and other volunteers who
organized the meeting and the presentation of awards and certificates to
newly elected Fellows.

An announcement was made of the 2006 Student Council Mentoring
Award to Lawrence A. Crum, University of Washington (see Fig. 1). Rajka
Smiljanic, recipient of the American Speech-Language-Hearing Foundation
Research Grant in Speech Science was acknowledged (see Fig. 2).

FIG. 2. Rajka Smiljanic, recipient of the 2006 Research Grant in Speech
Science (1) is congratulated by ASA President William Yost (r).



FIG. 3. John K. Horne, recipient of the 2006 Medwin Prize in Acoustical
Oceanography (1) is congratulated by ASA President William Yost (r).

The 2006 Medwin Prize in Acoustical Oceanography was presented to
John K. Horne, the University of Washington School of Aquatic and Fishery
Science (see Fig. 3). Dr. Horne presented the Acoustical Oceanography
Prize Lecture titled “Acoustic species identification: When biology collides
with physics” earlier in the meeting.

The R. Bruce Lindsay Award was presented to Purnima Ratilal, North-
eastern University, “for contributions to the theory of wave propagation and
scattering through a waveguide, and to the acoustic remote sensing of ma-
rine life” (see Fig. 4). The Helmholtz-Rayleigh Interdisciplinary Silver
Medal in Biomedical Ultrasound/Bioresponse to Vibration and Acoustical
Oceanography was presented to Mathias Fink, Ecole Supérieure de Phy-
sique et de Chimie Industrielles de la Ville de Paris (ESPCI) “for contribu-
tions to the understanding of time reversal acoustics.” (see Fig. 5). The Gold

FIG. 4. ASA President William Yost (r) congratulates Purnima Ratilal (1) the
2006 R. Bruce Lindsay Award recipient (r).
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FIG. 5. ASA President William Yost (r) presents the 2006 Helmholtz-
Rayleigh Interdisciplinary Silver Medal to Mathias Fink (1).

Medal was presented to James E. West, Johns Hopkins University “for de-
velopment of polymer electret transducers, and for leadership in acoustics
and the Society.” (see Fig. 6).

The election of 14 members to Fellow grade was announced and fel-
lowship certificates and pins were presented. New fellows are as follows:
Anders Askenfelt, Alexander U. Case, Torsten Dau, Carol Espy-Wilson, J.
Gregory McDaniel, Sheryl Gracewski, Lee A. Miller, Bertel Mghl, Shri-
kanth Narayanan, Simon D. Richards, Charles M. Salter, Ralph A. Stephen,
Dajun Tang, and Gail ter Haar (see Fig. 7).

ASA President William Yost expressed the Society’s thanks to the
Local Committee for the excellent execution of the meeting, which clearly
evidenced meticulous planning. He introduced James H. Miller, University
of Rhode Island, Chair of the Providence meeting (see Fig. 8), who ac-

FIG. 6. ASA President William Yost (r) presents the Gold Medal to James E.
West (1).




FIG. 7. New Fellows of the ASA.

knowledged the contributions of the members of his committee, including
James F. Lynch, Technical Program Chair, Gail Paolino, Meeting Adminis-
trator, Peter M. Scheifele, Audio-Visual, John R. Buck, Signs/Publicity,
Gopu Potty, Meeting Room Coordinator, Ian Wilson and Jeremy Perkins,
Student Issues, Nahal Namadaran, Poster Sessions, James A. Simmons and
Andrea Simmons, Cultural Attaché, and David Moretti, Technical Tour. He
also expressed thanks to the members of the Technical Program Organizing
Committee: James F. Lynch, Technical Program Chair, Andone C. Lavery,
Mohsen Badiey, Acoustical Oceanography; Andrea M. Simmons, John R.
Buck, Animal Bioacoustics; Damian J. Doria, Alexander U. Case, Architec-
tural Acoustics; Robin O. Cleveland, R. Glynn Holt, Biomedical Ultrasound/
Bioresponse to Vibration; Courtney B. Burroughs, Education in Acoustics,
Musical Acoustics and Structural Acoustics and Vibration; Thomas R.
Howarth, Jeffrey E. Boisvert, David A. Brown, Engineering Acoustics;
Nancy S. Timmerman, Noise; Ronald A. Roy, Joseph A. Turner, Charles R.

FIG. 8. James H. Miller, Providence meeting Chair.
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FIG. 9. Whitlow Au, ASA Vice President-Elect (r) presents gavel to Donna
Neff, Vice President (1).

Thomas, Physical Acoustics; Laurie M. Heller, Psychological and Physi-
ological Acoustics; Ning Xiang, David J. Moretti, William M. Carey, Signal
Processing in Acoustics; Doug H. Whalen, Harriet S. Magen, Speech Com-
munication; Gopu R. Potty, Kathleen E. Wage, Underwater Acoustics; Ed-
mund R. Gerstein, Thomas G. Muir, Joe Blue Memorial Sessions.

Whitlow Au, Vice President-Elect, presented the Vice President’s gavel
to Donna Neff, outgoing Vice President and Anthony Atchley, President-
Elect, presented the President’s Tuning Fork to William Yost, outgoing
President, in recognition of their service to the Society during the past year
(see Figs. 9 and 10).

The full technical program and award encomiums can be found in the
printed meeting program or online at (scitation.aip.org/JASA) (select Vol.
119, No. 5) for readers who wish to obtain further information about the

FIG. 10. President-Elect Anthony Atchley (r) presents President’s Tuning
Fork to William Yost (1).



Providence meeting. We hope that you will consider attending a future meet-
ing of the Society to participate in the many interesting technical events and
to meet with colleagues in both technical and social settings. Information
about future meetings can be found in the Journal and on the ASA Home
Page at (http://asa.aip.org).

WILLIAM A. YOST
President 2005-2006

USA Meetings Calendar

Listed below is a summary of meetings related to acoustics to be held
in the U.S. in the near future.

2006

152nd Meeting of the Acoustical Society of America
joint with the Acoustical Society of Japan, Honolulu,
Hawaii [Acoustical Society of America, Suite INO1, 2
Huntington Quadrangle, Melville, NY 11747-4502;
Tel.: 516-576-2360; Fax: 516-576-2377; E-mail:
asa@aip.org; WWW: http://asa.aip.org].

2007

153rd Meeting of the Acoustical Society of America,
Salt Lake City, Utah [Acoustical Society of America,
Suite INOI1, 2 Huntington Quadrangle, Melville, NY
11747-4502; Tel.: 516-576-2360; Fax: 516-576-2377,
E-mail: asa@aip.org; WWW: http://asa.aip.org].

28 Nov.—
2 Dec.

4-8 June

27 Nov.—
2 Dec.

154th Meeting of the Acoustical Society of America,
New Orleans, Louisiana (note Tuesday through Saturday)
[Acoustical Society of America, Suite 1INO1, 2 Hunting-
ton Quadrangle, Melville, NY 11747-4502;

Tel.: 516-576-2360; Fax: 516-576-2377; E-mail:
asa@aip.org; WWW: http://asa.aip.org].

2008

9th International Congress on Noise as a Public Health
Problem (Quintennial meeting of ICBEN, the Interna-
tional Commission on Biological Effects of Noise).
Foxwoods Resort, Mashantucket, CT [Jerry V. Tobias,
ICBEN 9, Post Office Box 1609, Groton CT 06340-
1609, Tel.860-572-0680; Web: www.icben.org. E-mail:
icben2008 @att.net].

28 July—
1 August

Cumulative Indexes to the Journal of the
Acoustical Society of America

Ordering information: Orders must be paid by check or money order in
U.S. funds drawn on a U.S. bank or by Mastercard, Visa, or American
Express credit cards. Send orders to Circulation and Fulfillment Division,
American Institute of Physics, Suite INOI1, 2 Huntington Quadrangle,
Melville, NY 11747-4502; Tel.: 516-576-2270. Non-U.S. orders add $11 per
index.

Some indexes are out of print as noted below.

Volumes 1--10, 1929-1938: JASA, and Contemporary Literature, 1937—
1939. Classified by subject and indexed by author. Pp. 131. Price: ASA
members $5; Nonmembers $10.

Volumes 11-20, 1939-1948: JASA, Contemporary Literature and Patents.
Classified by subject and indexed by author and inventor. Pp. 395. Out of
Print.

Volumes 21-30, 1949-1958: JASA, Contemporary Literature and Patents.
Classified by subject and indexed by author and inventor. Pp. 952. Price:
ASA members $20; Nonmembers $75.

Volumes 31-35, 1959-1963: JASA, Contemporary Literature and Patents.
Classified by subject and indexed by author and inventor. Pp. 1140. Price:
ASA members $20; Nonmembers $90.

Volumes 36-44, 1964-1968: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 485. Out of Print.

Volumes 36-44, 1964-1968: Contemporary Literature. Classified by sub-
ject and indexed by author. Pp. 1060. Out of Print.

Volumes 45-54, 1969-1973: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 540. Price: $20 (paperbound); ASA
members $25 (clothbound); Nonmembers $60 (clothbound).

Volumes 55-64, 1974-1978: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 816. Price: $20 (paperbound); ASA
members $25 (clothbound); Nonmembers $60 (clothbound).
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Volumes 65-74, 1979-1983: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 624. Price: ASA members $25 (paper-
bound); Nonmembers $75 (clothbound).

Volumes 75-84, 1984-1988: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 625. Price: ASA members $30 (paper-
bound); Nonmembers $80 (clothbound).

Volumes 85-94, 1989-1993: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 736. Price: ASA members $30 (paper-
bound); Nonmembers $80 (clothbound).

Volumes 95-104, 1994-1998: JASA and Patents. Classified by subject and
indexed by author and inventor. Pp. 632, Price: ASA members $40 (paper-
bound); Nonmembers $90 (clothbound).

Volumes 105-114, 1999-2003: JASA and Patents. Classified by subject
and indexed by author and inventor. Pp.616, Price: ASA members $50;
Nonmembers $90 (paperbound).

REVISION LIST

New Associates

Abercrombie, Clemeth L., 1204 NW 20th Ave., #305, Portland, OR 97209

Adcock, James L., 5005 155th Place, SE, Bellevue, WA 98006

Bard, Seth E., IBM, M/S P226, 2455 South Rd., Bldg. 704, Boardman Road
Site, Poughkeepsie, NY 12601

Beard, James K., 122 Himmelein Rd., Medford, NJ 08055

Beard, Paul C., Medical Physics, Univ. College London, Gower St., London
WCIE 6 BT UK

Chang, Enson, Applied Signal Technology, Inc., Ocean Systems Div., 21311
Hawthorne Blvd., Ste. 300, Torrance, CA 90503

Cichock, Joseph A., Northrop Grumman, SD&T, 2000 West NASA Blvd.,
Melbourne, FL 32902

Clark, Cathy Ann, NUWCDIVNPT, Sensors & Sonar Systems Dept., 1176
Howell St., Newport, RI 02841

Cochran, Sandy, Univ. of Paisley, Microscale Sensors, School of Engineer-
ing and Science, High St., Paisley PA1 2BE, Scotland

Cross, Emily L., Cavanaugh Tocci Associates, Inc., 327F Boston Post Rd.,
Sudbury, MA 01776

Curra, Francesco P., Ctr. for Industrial and Medical Ultrasound, Applied
Physics Lab., Univ. of Washington, 1013 NE 40th St., Seattle, WA 98105

Damljanovic, Vesna, Biomedical Engineering, Boston Univ., 44 Cumming-
ton St., Boston, MA 02215

de Groot-Hedlin, Catherine D., Scripps Inst. of Oceanography, Univ. of
California, San Diego, 9500 Gilman Dr., La Jolla, CA 92093-0225

Derveaux, Gregoire P., INRIA, Domaine de Voluce Av., BP 105, Le Chesnay
78153 France

Fisher, David A., 187 Highland Ave., Floor 1, Somerville, MA 02143

Fleischman, Robert, Soning Praha, A.S., Plzenska 66, Prague 151-24, Czech
Republic

Fristrup, Kurt M., Natural Sounds Program, National Park Service, 1201
Oakrdige Dr., Ste. 100, Fort Collins, CO 80525

Golay, Francis, Lab. Regionale des Strasbourg, G5 (Acoustique), 11 rue
Mentelin, Strasbourg 67035, France

Greenwood, William A., Pacific Lutheran Univ., 121st and Park Ave.,
Tacoma, WA 98447

Han, Jin-Ha, Prosonic Co. Ltd., 71-6 Sinpeung-Ri, Geunchen-Eub,
Gyongju-Si, Gyongbuk 780-900, South Korea

Harrison, Patrick W., Sound Fighter Systems, LLC, 6135 Linwood Ave.,
Shreveport, LA 71106

Hofbeck, Mary, 5622 180th St., SW, Lynnwood, WA 98037

Huang, Lianjie, Los Alamos National Lab., MS D443, Los Alamos, NM
87545

Jacobs, Jodi, Lencore Acoustics Corp., 1 Crossways Park Dr., West, Wood-
bury, NY 11797

Jenkins, Adam C., The Greenbusch Group, 1900 West Nickerson St., Ste.
201, Seattle, WA 98119

Kaufman, Jay R., Kaufman and Associates, 5832 Burnet Ave., Van Nuys,
CA 91411

Kautzman, Craig S., The Tennant Company, 701 North Lilac Dr., Minne-
apolis, MN 55422

Ko, Wing P, Transportation Business Group, CH2M Hill, 555 South Flower
St., Ste. 3550, Los Angeles, CA 90071
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Kollevoll, Kristan G., BRD Noise and Vibration Control, Inc., 112 Fairview
Ave., P.O. Box 127 Wind Gap, PA 18091-0127

Lauback, Scott, Cambridge Sound Management, 33 Moulton St., Cam-
bridge, MA 02138

Leonard, Jonathan S., Lencore Acoustics Corp., I Crossways Park Dr., West,
Woodbury, NY 11797

Li, Zhaung, 900 Pump Rd., Apt. 76, Richmond, VA 23238

Luo, Xin, Dept. of Auditory Implants and Perception, House Ear Inst., 2100
West Third St., Los Angeles, CA 90057

Mukdadi, Sam M., Mechanical and Aerospace Eng., West Virginia Univ.,
P.O. Box 6106, Morgantown, WV 26506-6106

Nusbaum, Howard C., Univ. of Chicago, Dept. of Psychology, 5848 South
University Ave., Chicago, IL 60637

Otani, Makoto, Toyama Prefectural Univ., Dept. Intelligent Systems Design
Eng., Kurokawa 5180 Imizo, Toyama 939-0398, Japan

Prada, Claire, CNRS-RSPCI, Lab. Ondes et acoustique, 10 Rue Vauquelin,
Paris 75005, France

Qin, Shengping, Biomedical Engineering, Univ. of California, Davis, One
Shields Ave., Davis, CA 95616

Saucier, Scott G., Tibbetts Industries, Inc., Colcord Ave., P.O. Box 1096,
Camden, ME 04843

Smith, David R. R., Physiology, Development & Neuroscience, Univ. of
Cambridge, Downing St., Cambridge CB2 3EG, UK

Southall, Brandon L., US Dept. of Commerce, Natl. Oceanic and Atmo-
spheric Admin., Natl. Marine Fisheries Service, 1315 East-West Highway,
SSMC III #12539, Silver Spring, MD 20910

Tardelli, John D., ARCON Corp., Digital Speech Processing, 150K New
Boston St., Wobun, MA 01801

Tyler, Michael D., MARCS Auditory Laboratories, Univ. of Western Syd-
ney, Bldg. 5, Bankstown Campus, Locked Bag 1797, Penrtih South NSW
1797, Australia

Vondrasek, Martin, Soning Praha, A. S., Plzenska 66, Prague 151-24, Czech
Republic

Walters, David T., 1344 South 7th St., Lincoln, NE 68502

Xiao, Jiangiang, Hunter College, Psychology, 695 Park Ave., New York, NY
10021

Yasutaka, Ueda, Hazama Corp., TRI, 515-1 Karima, Tsukuba, Ibaraki, 305-
0822, Japan

Zarnetske, Michael R., 115 Bay State Dr., Braintree, MA 02184

New Students

Abada, Shani H., 3601 Sainte Famille, Apt. 803, Montreal QC H2X 2L6,
Canada

Anguah, Kofi A., Swarthmore College, 500 College Ave., Swarthmore, PA
19081

Arz, Jean-Pierre, 5011 la Fontaine, Montreal QC H1V 1R6, Canada

Azzara, Alyson J., 401 Anderson St., #8A, College Station, TX 77840

Babel, Molly E., Linguistics, Univ. of California, Berkeley, 1203 Dwinelle
Hall, Berkeley, CA 94720-2650

Barroso, Celia, 3556 Maplewood Ave., Los Angeles, CA 90066

Baumgart, Johannes, Inst. for Aerospace Eng., Technische Univ. Dresden,
Dresden 01062, Germany

Beckmann, Daniel F., 5507 Rosewood St., Roeland Park, KS 66205

Benson, David H., 1610 Sherbrooke St., W., Apt. 112, Montreal QC H3H
1E1, Canada

Berkowitz, Michael J., Psychology Dept., Vanderbilt Univ., 301 Wilson
Hall, 111 21st Ave., South, Nashville, TN 37203

Blumenrath, Sandra H., Dept. of Biology and Psychology, Univ. of Mary-
land, College Park, MD 20742

Bodson, Anais, Universit Bochum, Universitatsstrasse ND 6/33, Bochum
D-44780, Germany

Bradonikic, Kaca, 311 Allston St., Apt. 12, Brighton, MA 02135

Camacho, Arturo, 700 SW 16th Ave., #108, Gainesville, FL 32601

Chang, Chiung-Yun, Speech and Hearing Science, Ohio State Univ., 1070
Carmack Rd., Columbus, OH 43210

Cheng, Rui, Aerospace Engineering, Penn State Univ., 225A Hammond
Bldg., University Park, PA 16802

Choi, James J., 379 Windsor Rd., Englewood, NJ 07631

Cholewiak, Danielle M., Cornell Univ., Bioacoustics Research Program,
159 Sapsucker Woods Rd., Ithaca, NY 14850

1748 J. Acoust. Soc. Am., Vol. 120, No. 4, October 2006

Clark, Mehgan, 3-212 Lamoine Village, Macomb, IL 61455

Collin, Jamie R., Magdalen College, High St., Oxford OX1 4AU, U.K.

DeAngelis, Chris, Box 20584, Cranston, RI 02920

Derezinsk, Steve J., 1008 Mass Ave., Apt. 702, Cambridge, MA 02138

DiZinno, Nicholas, 1094 Reilly St., Bay Shore, NY 11706

Dossot, Georges A., Ocean Engineering, Univ. of Rhode Island, Sheets
Bldg., Narragansett Bay Campus, Narragansett, RI 02882

Duke, Jessica E., Emory Univ, Psychology Dept., 532 Kilgo Circle, Atlanta,
GA 30322

Feizollahi, Zhaleh, Linguistics, Georgetown Univ., 37th & ‘0’ St., Washing-
ton, DC 20057

Foale, Cameron B., 808 Tress St., Ballarat VIC 3350, Australia

Gaston, Jeremy R., Psychology Dept., Binghamton Univ., Binghamtom, NY
13901

Gauthier, Bruno, 2831 Jenne d’Arc, Apt. 202, Montreal QC HIW3VS8,
Canada

Giannos, Evangelia, 217 South St., Jamaica Plain, MA 01230

Gomes, Maria L., FACINTER Faculdade Internacional, Avenida Luiz
Xavier 103, Curitiba, Parana, 80021-980, Brazil

Gregg, Mellisa K., 333 Candee Ave., Apt. G4, Sayville, NY 11782

Harvey, Ryan B., BAE Systems, 1250 24th St., NW, Ste. 850, Washington,
D.C. 20037

Hearst, Jason, 30 St. Stephen St., Boston, MA 02115

Hon, Elisabeth, MIT, 60 Wadsworth St., Apt. 19E, Cambridge, MA 02142

Hsieh, I-Hui, 5513 Verano Pl., Irvine, CA 92617

Joshi, Aditya, 17C Bayberry Rd., New Bedford, MA 02740

Kenny, Ryan J., Boston College, Psychology Dept., 301 McGuinn Hall, 140
Commonwealth Ave., Chestnut Hill, MA 02467

Kracht, Jonathan M., 295 East Church St., Sellersville, PA 18960

Kumpulanian, Danielle, 7 Country Lane, Palmer, MA 01069

Lai, Puxiang, Aerospace and Mechanical Eng., Boston Univ., 110 Cum-
mington St., Boston, MA 02215

Law, II, Franzo F., 1337 Jefferson Ave., Brooklyn, NY 11221

Lee, Ji-Yeoun, R405, 103-6, Munji-dong, Yuseong-gu, Daejeon
305-732, Republic of Korea

Leger, Mark L., 8 Charles Plaza, Apt. 209, Baltimore, MD 21201

Lezamiz, Lucas, Applied Physics Lab., Univ. of Washington, 1013 NE 40th
St., Box 355640, Seattle, WA 98105-6698

Li, Naihsin, National Taiwan Univ., Graduate Inst. of Linguistics, No. 1,
Sec. 4 Roosevelt Rd., Taipei 10617, Taiwan

Lin, Wan, 337795 Gatech Station, Atlanta, GA 30332

Lin, Yao-ju, National Taiwan Normal Univ., English Dept., Linguistic Div.,
162 HePing East Rd., Sec. 1 Taipei 106, Taiwan

Liu, Fei, 282 Corry Village, Apt. 7, Gainesville, FL 32603

Liu, Sheng, 865 Tucker Rd., Apt. 4, North Dartmouth, MA 02747

Lopez, Karece, 90-79 180th St., Jamaica, NY 11432

Love, Katharine L., 4015 Hudson Dr., Hoffman Estates, IL 60195

Luo, Haibaio, Aerospace and Mechanical Eng., Boston Univ., 110 Cum-
mington St., Boston, MA 02134

MacLeod, Mark H., Mechanical Engineering, Johns Hopkins Univ., 3400
North Charles St., Baltimore, MD 21218

Maleke, Caroline, Biomedical Engineering, Columbia Univ., New York, NY
10027

Mancini, Jolene A., Hearing, Speech, and Language Science, Gallaudet
Univ., 800 Florida Ave., NE, Washington, DC 20002

Maruska, Karen P., Hawaii Inst. of Marine Biology, 46-007 Lilipuna Rd.,
Kaneohe, HI 96744

McCarty, Candice Q., 3610 Driftwood Dr., Lafayette, IN 47905

Meyer, Matthias, Gartenstrasse 13, Wiefelstede 26215, Germany

Mihalcik, Ladislav, National Healthy Organization, NRC Noise and Vibra-
tion, RUZ Bratislava, Ruzinovska 8, Bratislava, Slovakia 829 09, Slovak
Republik

Miller, Denise M., 1013 Old Boalsburg Rd., Apt. 6, State College, PA 16801

Moallem, Theodore M., RLE Sensory Communication Group, Massachu-
setts Inst. of Tech., 77 Massachusetts Ave., Rm. 36-737, Cambridge, MA
02139

Navaladi, Akshay, Biomedical Engineering, Boston Univ., 44 Cummington
St., Boston, MA 02215

Newman, Kelly A., School of Fisheries and Ocean Sciences, Univ. of Alaska
Fairbanks, 245 Oneill Bldg., P.O. Box 757220, Fairbanks, AK 99775-7220



Noirot, Isabelle C., Charles Plaza 8, North Tower, Apt. 1303, Baltimore, MD
21201

Noisternig, Markus, Inst. of Electronic Music & Acoustics, Univ. of Music
and Dramatic Arts, Inffeldgasse 10/3, Graz 8010, Austria

Olmstead, Anne J., 69 Varga Rd., #112, Ashford, CT 06278

Oorellana, Douglas W., 104 West University Parkway, Apt. B1, Baltimore,
MD 21210

Pogal-Sussman, Tracy, Boston Univ., BME Dept., 44 Cummington St., Bos-
ton, MA 02215

Pruthi, Tarun, 9314 Cherry Hill Rd., 917, College Park, MD 20740

Quijano, Jorge E., 2139 West Burnside St., Apt. 203, Portland, OR 97210

Roberts, Paul L. D., Electrical and Computer Engineering, Univ. of Califor-
nia, San Diego, 9500 Gilman Dr., La Jolla, CA 92093-0238

Rosenbaum, Joyce E., 2 Horizon Rd., PHI, Fort Lee, NJ 07024

Rossi-Katz, Jessica, 112 Kolar Court, Erie, CO 80516

Rousounelos, Andreas, Flayt 147, Matthias Court, Silk St., Salford M3 6JF,
UK.

Rowland, Sarah A., Univ. of Connecticut, Psychology Dept., 406 Babbidge
Rd., Unit 1020, Storrs, CT 06269-1020

Sadaka, Janine, 9 Jeffrey Lane, Great Neck, NY 11020

Sathyendra, Harsha M., Electrical Engineering, Univ. of Florida, 216 Larsen
Hall, Gainesville, FL 32611

Savitala, Hari V., 405 3rd St., #2, Troy, NY 12180

Schneider, Jennifer N., SUNY Buffalo, Psychology Dept., Park Hall, Room
206, Buffalo, NY 14260-4110

Son, Minjung, Haskins Labs., 300 George St., #900, New Haven, CT 06511

Steen, Thomas L., Boston Univ., Mechanical Eng., 110 Cummington St.,
Boston, MA 02215

Threw, Barry J., 2215 Ward St., Berkeley, CA 94705

Tibrea, Roxana D., 20 Fairway Dr., East Hampton, NY 11937

Trout, Justin N., 196-1 Allston St., Allston, MA 02134

Uysal, Ismail, Electrical and Computer Eng., Univ. of Florida, 216 Larsen
Hall, Ctr. Dr., Gainesville, FL 32611

Van Ark, Emily M., MIT-WHOI, Geology and Geophysics, 77 Massachu-
setts Ave., 54-517A, Cambridge, MA 02139

Vasques, Cesar M. A., DEMEGI/FEUP, Rua Dr. Roberto Frias, s/n Edificio
M, Sala 206, Porto 4200-465, Portugal

Viswanathan, Navin, 90a Birch St., Willimantic, CT 06226

Wang, Weixiong, Dept. of Engineering Mechanics, Fluid Acoustics Lab.,
Tsinghua Univ., Beijing 100084, China

Wiessner, Nicole L., 2010 Misty Hollow Court, Forney, TX 75126

Wilkason, Colby, 120 Fairways Dr., Warner Robins, GA 31088

Yarbrough, Ray A., Applied Research Labs., Univ. of Texas, 10000 Burnet
Rd., Austin, TX 78758

New Electronic Associates

Aura, Matias, Wartsila Finland Oy, Calculations and Simulations, Jarvikatu
2-4, Vaasa FI-65101, Finland

Boehme, Hollis, 320 King Arthur Court, Austin, TX 78746

Ess, Robert H., 1107 Pine Hollow Dr., Friendswood, TX 77546

Garrido Lopez, David, Musicos 26, Tres Cantos, Madrid 28760, Spain

Gazagnaire, Julia, Naval Surface Warfare Ctr., Dept. of Defence, 110 Vernon
Ave., Panama City Beach, FL 32407

Greenlee, Doug, 995 South Garfield St., Denver, CO 80209

Griffin, Sararh J., MRC Toxicology Unit, Univ. of Leicester, P.O. Box 138,
Hodgekin Bldg., Lancaster Rd., Leicester LE1 9HN, U.K.

Hain, Tim C., Northwestern Univ., 645N. Michigan, Chicago, IL 60611

Heintze, Olaf, Inst. of Composite Structures and Adaptive Systems, German
Aerospace Ctr., Lilienthalpaltz 7, Braunschweig 38108, Germany

Hetzer, Claus, National Ctr. for Physical Acoustics, Univ. of Mississippi, 1
Coliseum Dr., University, MS 38677

Huang, Caroline B., 39 Howells Rd., Belmont, MA 02478

Lehman, Mark E., Communication Disorders, Central Michigan Univ., 2173
Health Professional Bldg., Mt. Pleasant, MI 48859

Maetani, Toshiki, Otolaryngology/Head and Neck Surgery, Ehime Univ.
School of Medicine, Shitsukawa, Toon, Ehime 791-0295, Japan

Mahajan, Sanjay K., 28834 W. King William Dr., Farmington Hills, MI
48331

Mansky, James M., Earth Tech, One World Financial Ctr., 200 Liberty St.,
25th Floor, New York, NY 10281
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Marquez, Ronald, IDS, 353 James Record Rd., Huntsville, AL 35801

Nielsen, Johan L., Tandberg, Philip Redersens vei 22, Lysaker 1355, Nor-
way

Ono, Nobutaka, The Univ. of Tokyo, Dept. Information Physics and Com-
puting, Grad. Sch. of Info. Sci. and Tech., 7-3-1 Hongo, Tokyo 113-8656,
Japan

Pastuszek-Lipinska, Barbar E., ul. Iglasta 8, Grotniki-Ustronie, Poland 95-
073

Pfaffli, Gregor Grischa, Gerberngasse 21A, Bern 3011, Switzerland

Quinn, Sandra, Univ. of Stirling, Psychology Dept., Stirling FK9 4L.A, Scot-
land, UK

Ramprashad, Sean A., DoCoMo USA Labs, Media Lab., 181 Metro Dr., San
Jose, CA 95110

Serkhane, Jihene E., Cold Spring Harbor Lab., Freeman Bldg., 1 Bungtown
Rd., Cold Spring Harbor, NY 11724

Shah, Gaurav S., Eliza Corp., 100 Cummings Ctr., Ste. 348G, Beverly, MA
01915

Slaughter, Julie C., Etrema Products, Inc., 2500 North Loop Dr., Ames, IA
50010

Tregenza, Nicholas J., 5 Beach Ter., Long Rock, Cornwall, TR20 8JE, UK

Vitchev, Nikolay V., 4363 Cherry Ave., San Jose, CA 95118

Whittum, David H., Varian Medical Systems, Microwave and Physics R&E,
911 Hansen Way, C077, Palo Alto, CA 94304

Wilson, M. Lee, Shimoda Environmental, Inc., 7602 Stoneywood Dr., Aus-
tin, TX 78731

Yokotani, Yoshikazu, Westliche Stadtmauerstr. 38, Zimmer #9, Erlangen,
Bayern 91054, Germany

New Corresponding Electronic Associates

Bistafa, Sylvio R., Dept. of Mechanical Eng., Univ. of Sao Paulo, Av. Prof.
Melo Moraes 2231, Sao Paulo SP 05508-900, Brazil

Daunys, Gintautas, Siauliai Univ., Electronics, Vilniaus 141, Siauliai 76353,
Lithuania

Meesawat, Kittiphong, Khon Kaen Univ., Dept. of Electrical Eng., 123 Mi-
traphab Rd., Mueng, Khon Kaen, 40002, Thailand

Pal, Amita, Bayesian & Interdisciplinary Research Unit., Indian Statistical
Inst., 203 Barrackport Trunk Rd., Kolkata, West Bengal, 700108, India

Srinivasan, K., Apt. 009, Admiralty Manor 83, 6th Main, Indira Nagar II
Stage, Bangalore, Karnataka, 560008, India

Szigetvari, Andrea, Berzsenyi u. 14/A, Dunakeszi, Pest, 2120, Hungary

Members Elected Fellows

P. Blanc-Benon, D. A. Conant, A. W. Gummer, C. W. Holland, J. E. Kre-
iman, K. D. LePage, J. A. McAteer, D. R. Palmer, M. G. Prasad, P. A.
Rona, M. Vorlinder, J. Vos

Associates Elected Fellows
S. Beristain, A. C. Gade, H. Riquimaroux, M. V. Trevorrow, B. T. Zinn

Associates Elected Members

J. Ahlstrom, S. B. Blaeser, C. E. Hughes, G. E. Jacobs, X. Jiang, R. E.
Kumon, B. R. Munson, S. M. Perron, T. S. Talayman

Students to Associates

W. C. K. Alberts, II, R. B. Astrom, J. G. Bernstein, L. K. Bornstein, J. L.
Hiatt, A. Roginska

Students to Electronic Associates

M. S. Allen, L. B. Berry, P. A. Cariani, S. A. Cheyne, S. F. Disner, B. L.
Engdahl, M. J. Epstein, W. T. Fitch, C-F. Huang, A. J. Morgan, 1. Paek, A.
J. Subkey, S. J. van Wijingaarden

Resigned

J. R. Ison, M. R. Noble—Members
R. Eklund—Associate

C. Lin—Student

Y. Igarashi—Electronic Associate

1749



Deceased

S. Buus, L. Lisker, T. Litovitz, W. A. Watkins—Fellows
J. G. Harris, B. H. Pasewark—Members

Dropped

Fellows

Bender, Erich K., Cantrell, John H., Fuller, Christopher R., Guernsey, Ri-
chard M., Koyasu, Masaru, Pickles, James O., Salvi, Richard J., Schuster-
man, Ronald J.

Members

Abu-Hassan, Rachid K., Barber, D. Christopher, Bell, Alan E., Bennett,
Mary Beth S., Berliner, Marilyn J., Bohme, Johann F., Bolia, Robert S.,
Brown, R. William, Bullock, Gary L., Castagnede, Bernard R., Chamuel,
Jacques R., Cheng, Raymond, Clifton, Mark A., Cook, Reginald O., Cu-
nitz, Robert, Du, Gonghuan, El-Raheb, Michael, Gawtry, Randall R., Ged-
des, Earl R., Ghen, David C., Hansel, Celeste Z., Hansen, Robert A., Hav-
erstick, Gavin A., Henry, Belinda A., Hosseini, Seyed H.R., Hsu, David
Kuei-Yu, Huang, Frank, Jackson, Oliver H., Koch, John E., Lagier, Michel
R., Lang, Mark A., Larson, Vernon D., Lashkari, Khosrow, Lee, Jaiyong,
Lee, Sook-Hyang, Lin, Qiguang, Madanshetty, Sameer I., Miller, Roger L.,
Murray, Rachel V., Murray, Todd W., Noffsinger, Paul D., Osborn, Jay K.,
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ACOUSTICAL NEWS—INTERNATIONAL

Walter G. Mayer
Physics Department, Georgetown University, Washington, DC 20057

International Meetings Calendar

Below are announcements of meetings and conferences to be held
abroad. Entries preceded by an " are new or updated listings.

October 2006

3-6

4-6

11-13

16-17

18-20

25-28

IEEE International Ultrasonics Sympo-
sium, Vancouver, BC, Canada

(Web: www.ieee-ultrasonics2006.0rg).

33rd International Acoustical Conference
“Acoustics High Tatras 06”-EAA sympo-
sium,étrbské Pleso, Slovakia

(E-mail: 33iac@skas.sk;

Web: www.skas.sk/acoustics/2006).

Annual Conference of the Canadian
Acoustical Association, Halifax, Nova
Scotia, Canada

(Web: www.caa-aca.ca/halifax-2006.html).
Institute of Acoustics Autumn Conference,
Oxford, UK

(Web: www.ioa.org.uk/viewupcoming.asp).
37th Spanish Congress on Acoustics—EAA
Symposium of Hydroacoustics—Iberian
Meeting on Acoustics,Gandia-Valencia,
Spain

(Web: www.ia.csic.es/sea/index.html).

Fifth Iberoamerican Congress on Acous-
tics, Santiago Chile (Web: www.fia2006.cl.).

November 2006

2-3

20-22

March 2007
13-17

15-17
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Swiss Acoustical Society Fall Meeting, Lu-
zern, Switzerland (Web: www.sga-ssa.ch).
Reproduced Sound 22, Oxford, UK
(Web: ioa.org.uk/viewupcoming.asp).
“Baltic -Nordic Acoustics Meeting, Gote-
borg, Sweden

(Web: www.ingemansson.com.).

1st Joint Australian and New Zealand
Acoustical Societies Conference,
Christchurch, New Zealand

(Web: www.acoustics.org.nz).

*Spring Meeting of the Acoustical Society
of Japan, Tokyo, Japan (Acoustical Society
of Japan, NakauraSth-Bldg., 2-18-20 Soto-
kanda, Chiyoda-ku, Tokyo 101-0021, Japan;
fax: +81 3 5256 1022; web:www.asj.gr.jp/
index-en.html).

*AES 30th International Conference on
Intelligent Audio Environment, Saariselk,
Finland (Web:www.aes.fi/aes30/).

19-22

April 2007
10-12

16-18

June 2007
1-3

3-7

18-21

25-29

July 2007
2-6

9-12

16-21

August 2007
6-10

26-29
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*German Acoustical Society Meeting
(DAGA2007), Stuttgart, Germany
(Web: www.daga2007.de).

4th International Conference on Bio-
Acoustics, Loughboro, UK

(Web: www.ioa.org.uk/viewupcoming).
29th International Symposium on Acous-
tical Imaging, Shonan Village Center,
Kanagawa Pref., Japan
(Web:publicweb.shonan-it.ac.jp/ai29/
AI29.html).

“Second International Symposium on Ad-
vanced Technology of Vibration and
Sound, Lanzhou, China

(Web: www.jsme.or.jp/dmc/Meeting/
VSTech2007.pdf).

11th International Conference on Hand-
Arm Vibration, Bologna, Italy
(Web:associazioneitalianadiacustica.it/
HAV2007/index.htm).

Oceans07 Conference, Aberdeen, Scotland,
UK (Web: www.oceansO7ieeeaberdeen.org).
“2nd International Conference on Under-
water Acousitc Measurements: Technolo-
gies and Results, Heraklion, Crete, Greece
(Web: www.uam2007.gr).

8th International Conference on Theoreti-
cal and Computational Acoustics, Herak-
lion, Crete, Greece
(Web:www.iacm.forth.gr/~ictca07).
“International Clarinet Association Clari-
netfest, Vancouver, British Columbia,
Canada (E-mail:john.cipolla@wku.edu;
phone: 1 270 745 7093).

“14th International Congress on Sound
and Vibration (ICSV14), Cairns, Australia
(Web: www.icsv14.com).

“12th International Conference on Pho-
non Scattering in Condensed Matter,
Paris, France

(Web: www.isen.fr/phonons2007).

16th International Congress of Phonetic
Sciences (ICPh2007), Saarbriicken, Ger-
many (Web: www.icphs2007.de).
Inter-noise 2007, Istanbul, Turkey

(Web: www.internoise2007.org.tr).
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27-31 Interspeech 2007, Antwerp, Belgium

(Web: www.interspeech2007.org).

September 2007

2-7 19th International Congress on Acoustic
(ICA2007), Madrid, Spain (SEA, Serrano
144, 28006 Madrid,Spain

(Web: www.ica2007madrid.org).

ICA Satellite Symposium on Musical
Acoustics (ISMA2007), Barcelona, Spain
(SEA, Serano 144,28006 Madrid, Spain
(Web: www.ica2007madrid.org).

ICA Satellite Symposium on Room Acous-
tics (ISRA2007), Sevilla, Spain

(Web: www.ica2007madrid.org).

3rd International Symposium on Fan
Noise, Lyon, France

(Web: www.fannoise.org).

*Autumn Meeting of the Acoustical Soci-
ety of Japan, Kofu, Japan (Acoustical Soci-
ety of Japan, Nakaura5th-Bldg., 2-18-20
Sotokanda, Chiyoda-ku, Tokyo 101-0021,
Japan; fax: +81 3 5256 1022;
web:www.asj.gr.jp/index-en.html).

*XIX Session of the Russian Acoustical
Society, Nizhny Novgorod, Russia

(Web: www.akin.ru).

9-12

17-19

19-21

24-28

June 2008
30-4 Acoustics 08 Paris: 155th ASA Meeting
+5th Forum Acousticum (EAA)+9th Con-
gres Francaisd’Acoustique (SFA), Paris,

France (Web: www.acoustics08-paris.org).

July 2008
7-10 18th International Symposium on Nonlin-
ear Acoustics (ISNA18), Stockholm, Swe-
den (Temporary e-mail: (Bengt Enflo)

benflo@mech kth.se).
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28-1 9th International Congress on Noise as a
Public Health Problem, Mashantucket, Pe-
quot Tribal Nation(ICBEN 9, P.O. Box
1609, Groton, CT 06340-1609, USA; web:

www.icben.org).

September 2008

22-26 INTERSPEECH 2008-10th ICSLP, Bris-
bane, Australia
(Web: www.interspeech2008.0rg).

November 2008

1-5 IEEE International Ultrasonics Sympo-
sium, Beijing, China
(Web: www.ieee-uffc.org/ulmain.asp?page
=symposia).

August 2010

23-27 20th International Congress on Acoustics

(ICA2010), Sydney, Australia
(Web: www.ica2010sydney.org).

Belgian Acoustical Association—40 Years Old

The Belgian Acoustical Association, ABAYV, celebrates its 40th birth-
day on 15 September 2006 with a special meeting in Liege (or Luik, in
Flemish.) ABA is the abbreviation of the French name of the Association
while BAV stands for the Flemish name. ABAV is both.

The program for the day also reflects the cooperation of different na-
tionalities. There will be four keynote lectures as well as poster papers. The
first keynote lecture is on room acoustics and it will be given by the Presi-
dent of the EAA (Vorldnder, Germany), followed by a lecture on auralisation
et acoustique virtuelle by the Vice President of EAA (Polack, France). The
afternoon session features lectures on geluidwering in gebouwen (noise in
buildings) (Gerretsen, The Netherlands) and on the interaction of sound with
the ground (Attenborough, UK.) The lectures are given in the original lan-
guages; only the support information (slides, videos, etc.) are all in English.

The birthday celebration comes to an end with a 90-minute cocktail
hour and a gala dinner. Happy Birthday, ABAV!
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ADVANCED-DEGREE DISSERTATIONS IN ACOUSTICS

Editor’s Note: Abstracts of Doctoral and Master’s theses will be welcomed at all times. Please note that
they must be limited to 200 words, must include the appropriate PACS classification numbers, and
formatted as shown below. If sent by postal mail, note that they must be double spaced. The address for
obtaining a copy of the thesis is helpful. Submit abstracts to: Acoustical Society of America, Thesis
Abstracts, Suite TNO1, 2 Huntington Quadrangle, Melville, NY 11747-4502, e-mail: asa @aip.org

Analysis of parameter effects on sound energy decay in coupled
volume systems [43.55.Ka, 43.55.Gx, 43.55.Hy] —David Timothy
Bradley, Architectural Engineering Program, University of Nebraska—
Lincoln, Lincoln, NE 68182, May 2006 (Ph.D.). This study characterized the
effects of modifying architectural parameters on coupled volume (CV)
sound fields. The parameters included the ratio of main volume (MV) and
CV size, the ratio of absorption, and aperture size. The level of double slope
effect (DSE) was determined for various configurations of the CV systems.
Additionally, the human subjective response to the sound fields in these
systems was investigated. A simple CV system was studied using computa-
tional modeling, where DSE decreased with increasing ratio of CV absorp-
tion over MV absorption. Also, DSE increased with increasing ratio of CV

Investigation of ocean acoustics using autonomous instrumen-
tation to quantify the water-sediment boundary properties
[43.30.Ma, 43.30.Pc, 43.30.Re, 43.60.Fg] —Jason David Holmes, College
of Engineering, Boston University, Boston, MA 02215, June 2006 (Ph.D.).
Sound propagation in shallow water is characterized by interaction with the
ocean’s surface, volume, and bottom. In many coastal margin regions, in-
cluding the Eastern U.S. continental shelf and the coastal seas of China, the
bottom is composed of a depositional sandy-silty top layer. Previous mea-
surements of narrow and broadband sound transmission at frequencies from
100 Hz to 1 kHz in these regions are consistent with waveguide calculations
based on depth and frequency dependent sound speed, attenuation and den-
sity profiles. Theoretical predictions for the frequency dependence of attenu-
ation vary from quadratic for the porous media model of Biot to linear for
various competing models. Results from experiments performed under
known conditions with sandy bottoms, however, have agreed with attenua-
tion proportional to frequency raised to the 1.84 power, which is slightly less
than the theoretical value of frequency squared [J. Zhou and X. Zhang, J.
Acoust. Soc. Am. 117, 2494]. This dissertation presents a reexamination of
the fundamental considerations in the Biot derivation and leads to a simpli-
fication of the theory that can be coupled with site-specific, depth dependent

Investigations of indoor noise criteria systems based on human
perception and task performance [43.50.Ba] —Erica Eileen Bowden,
Architectural Engineering Program, University of Nebraska—Lincoln, Lin-
coln, NE 68182, February 2006 (Ph.D.). Several noise criteria methods
commonly used in architectural acoustics have been quantitatively related to
noise perception and task performance under a variety of ventilation
systems-induced background noise conditions. Noise criteria, balanced noise
criteria, room criteria, room criteria mark II, and A-weighted equivalent
sound pressure level were examined. The first phase of the project included
noise conditions controlled to be non-time-varying and nontonal, with neu-
tral, rumbly, roaring, or hissy characteristics. An intermediate study exam-
ined exposure time length and types of performance tasks used. The final
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size over MV size, referred to as volume ratio. DSE values were maximized
at relatively small aperture sizes. Subjective response testing showed an
increase in perceived reverberance with increasing volume ratio and aper-
ture size, while perceived clarity did not change by a statistically significant
amount across any of the architectural parameters. The effects of varying
absorption ratio and aperture size on DSE in a complex CV system, typify-
ing an average CV concert hall, was also investigated. DSE trends generally
corresponded with those from the simple system and previous research.
Subjective preference testing of this virtual hall showed that listeners pre-
ferred low and medium levels of DSE.

Advisor: Lily M. Wang

attenuation and sound speed profiles to explain the observed frequency de-
pendence. Long-range sound transmission measurements in a known wave-
guide can be used to estimate the site-specific sediment attenuation proper-
ties, but the costs and time associated with such at-sea experiments using
traditional measurement techniques can be prohibitive. Here a new measure-
ment tool consisting of an autonomous underwater vehicle and a small, low
noise, towed hydrophone array was developed and used to obtain accurate
long-range sound transmission measurements efficiently and cost effec-
tively. To demonstrate this capability and to determine the modal and intrin-
sic attenuation characteristics, experiments were conducted in a carefully
surveyed area in Nantucket Sound. A best-fit comparison between measured
results and calculated results, while varying attenuation parameters, revealed
the estimated power law exponent to be 1.87 between 220.5 and 1228 Hz.
These results demonstrate the utility of this new cost effective and accurate
measurement system. The sound transmission results, when compared with
calculations based on the modified Biot theory, are shown to explain the
observed frequency dependence.

Advisor: William M. Carey

phase included noise conditions containing various levels of discrete tones
from 120 to 595 Hz. Under each noise, subjects completed performance
tasks and perception questionnaires. Results indicate task performance was
significantly affected by perception of noise, but this relationship was not
fully demonstrated by the criteria systems analyzed. The five criteria were
generally well suited in describing subjective loudness perception, but some
discrepancies in criteria spectral quality ratings and subjective perception
existed. Finally, perception of annoyance changed based on the frequency
and prominence of tones in noise, but these changes were not reflected in the
criteria level or spectral quality ratings. Modifications to the existing criteria
are recommended.

Advisor: Lily M. Wang
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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).]

The Physics of Birdsong (Biological and
Medical Physics, Biomedical Engineering)

Gabriel B. Mindlin and Rodrigo Laje

Springer, Berlin, Heidelberg, 2005, 157 pp. $79.95
(hardcover), ISBN: 3-40-25399-8

Until a few years ago models concerning the way birds vocalize were
based on indirect evidence from analyses of the structure of bird songs, on
inferences from the morphology of the avian vocal organ, the syrinx, and
from insight into physical principles. The major reason is that the syrinx is
relatively inaccessible, although its anatomy, innervation, muscular control,
and driving airflow are well described in some species. However, the bioa-
coustics and biomechanics of bird phonation are still poorly understood. The
last decade has seen a renewed interest in the subject and the introduction of
a number of new experimental techniques. So, now the model makers are on
much firmer ground when proposing new mechanisms for how birds sing.
The present book should be viewed as a progress report on this rapidly
evolving subject written by two physicists who nicely sum up recent experi-
mental and theoretical research covering not only the bioacoustics and bio-
mechanics, but also the neurobiology of birdsong.

The three introductory chapters set the scene. In the first, readers are
reminded of the basics of sound as a physical phenomenon, the different
measures of sound, and of general principles such as superposition. In ad-
dition, the traditional bioacoustic representation of sound signals as spectro-
grams is introduced, though the authors use the old term “sonogram.” The
second chapter introduces sound sources and filters and associated concepts
such as resonators, modes, and traveling and standing waves, which leads to
a general source-filter model. Except for the unnecessarily complicated deri-
vation of wave equations, this chapter is tutorial in nature and easy to follow
with nice examples and good illustrations. The third chapter is the only one
without equations and gives a thorough description of the anatomy and
function of the avian vocal organ, the syrinx. In songbirds this is a bipartite
organ situated at the junction between the trachea (the windpipe) and the
bronchi. On each side two structures known as labia, reminiscent of the
mammalian vocal folds, form pneumatic valves. These modulate the airflow,
which is created by expiratory muscles rhythmically compressing the in-
haled air in the air sacs, through the vocal tract leading to generation of
birdsong.

In my opinion Chapters 4—6 form the core of the book describing how
song most likely is produced in the syrinx and associated structures under
control of the delicate syringeal muscles. Through an understandable de-
scription of linear and nonlinear oscillators via the dynamics of the van der
Pol oscillator we arrive at the oscillations in the syrinx. A simplified model
describes the self-sustained oscillations of the labia and how this dynamics
depend on the reconstitution constant, k, of the labia and on the subsyringeal
pressure, p. After a pedagogical introduction to the Hopf bifurcation, a
simple model of sound production is presented. The authors show with the
model how simple changes of the timing between k and p produce different
paths in the parameter space that lead to complex patterns in frequency and
time, i.e., in the sound spectrogram. Simple gestures of the syringeal
muscles furthermore can adduct or abduct the labia and thus control the
airflow through the syrinx. Most convincingly, the authors show that spec-
trograms very similar to those of cardinals are produced by feeding actual
experimentally derived values of air sac pressure and syringeal muscle ac-
tivity, expressed as rectified EMG’s, into the model.
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After the thorough treatment of the workings of the syrinx I had ex-
pected to enjoy reading about the last link in the chain of events from motor
command to emission of song, that involving the acoustics and mechanics of
the trachea, mouth cavity, and beak. Instead, the authors choose to spend
most of Chapter 7 on describing how to synthesize birdsong both by com-
puter and by an analog model. After an educational introduction of the
acoustic impedance, however, they do briefly refer to new studies on sound
radiation and bandpass filtering by avian air sacs. This leads to an informa-
tive Chapter 8 describing the present understanding, from a computational
perspective, of the complex and highly nonlinear interactions of neural cir-
cuits in controlling birdsong. The text includes basic neurobiology starting
with a description of the membrane potential and the Hodgkin-Huxley equa-
tions, but quickly develops into a presentation of a number of different
computational models of the behavior of interconnected neurons, and dis-
cusses the advantages and shortcomings of using such models. The authors
conclude by pointing out how hopelessly far we are from understanding the
workings of the brain and discuss what level of computational units, neurons
or circuits, should be used in attempting to model brain dynamics. With the
extensive literature on the function and physiology of avian sound commu-
nication the song control system might constitute a good system for con-
tinuing this endeavor.

The theme of the final chapter concerns how complex patterns can
emerge from simple inputs to systems exhibiting nonlinear dynamics. In an
amusing journey from basic forced oscillations through the duetting of some
South American birds to the dynamics of Poincaré oscillators, the authors
elegantly lead the reader through some complicated mathematics. The reader
gets a feeling of understanding and ends up agreeing that the complex in-
teractions between neural circuits and vocal system provides biology and
physics with exciting challenges for years to come.

So, for whom is this book intended? Despite its merits it is not well
suited as a student text mostly because it suffers from the lack of an index
and a glossary would have helped. On the back cover it is stated that the
“book provides fascinating reading for physicists, biologists and general
readers alike.” This statement is probably too optimistic, since the book
attempts to solve a classic dilemma: the need for expressing complex prob-
lems by means of equations versus the ordinary biologist’s lack of command
of mathematics. To physicists it is second nature to express a thought in a
few equations, but most biologists are unable to appreciate the beauty of
equations unless these are accompanied by educational graphics. Long pas-
sages of the book are a true pleasure to read as they are written broadly and
philosophically, almost lyrically, but this does not help the biologist when he
fails to see how one equation leads to the next.

Physicists unfamiliar with the generation of birdsong will definitely
enjoy reading the book but should skip the first basic chapters. They will
learn a lot about this fascinating topic and will easily pick up the contents of
the book in a few hours. Biologists unfamiliar with the acoustics, mechan-
ics, and neurobiology of birdsong may be frightened by the thorough math-
ematical descriptions, but if they choose to abstract from the equations and
concentrate on text and graphics they will be richly rewarded. General read-
ers may make better use of their time by perusing one of the recent review
papers on birdsong generation written by biologists.

Biologists studying bioacoustics will gain much inspiration from read-
ing the book. And for the growing number of biologists specializing in the
large and diverse field of birdsong research this book is an indispensable
contribution, which deserves many readers.

OLE NASBYE LARSEN
Center for Sound Communication, Institute of Biology
Campusvej 55, DK-5230 Odense M, Denmark
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Communications Acoustics

Jens Blauert

Springer, Berlin, Heidelberg, New York. 379 pp. Price $129.00
(hardcover). ISBN: 354022162X.

According to the definition provided by the author of this book, the
term Communication Acoustics refers to “those areas of acoustics which
relate to the modern communication and information sciences and technolo-
gies.” The term itself is not a new one. Notably, both J. L. Flanagan and Jont
Allen have used the term “communication acoustics” at recent meetings of
the ASA to refer to the groundbreaking work in speech perception per-
formed at Bell Laboratories in the first half of the 20th century. However,
this collection of contributed chapters seeks to bring the concept of commu-
nications acoustics into the 21st century by giving a broad overview of the
current state of the art in all the research areas concerning the production,
analysis, transmission, synthesis, and perception of sounds by human talkers
and listeners. While no single book could possibly cover all aspects of such
a wide range of topics, this book provides a great deal of useful information
about many diverse areas of acoustics, and I believe that it will make a
major contribution to the literature in at least three ways.

The first major contribution of the book is that it brings into one
collection an extremely diverse set of topics that might not ordinarily be
considered by any single practitioner in the field of acoustics. The fourteen
chapters of the book span a broad range of areas, from a chapter by Georg
Klump on the evolutionary physiology of the auditory transmission and
reception organs, to a chapter by Ute Jekocsh on the science of “semiotics”
and its application in the field of sound design, to a chapter by Inga Holube
and Volkmar Hammacher on hearing aid technology. In-depth coverage is
provided on various aspects of psychoacoustics (including models of binau-
ral hearing and aspects of sound quality and audio-visual perception), virtual
audio environments (including binaural synthesis as well as applications),
speech perception (including production mechanisms and speech quality),
and digital audio technology and coding. All of the chapters are well-written
and clearly illustrated, and a few of the chapters are truly outstanding in
terms of their depth and breadth of coverage of the topic area. For example,
I was particularly impressed with the chapter on “Binaural Technique” by
Henrik Mgller and Dorte Hammershgi, which provides a clear and concise
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summary of all of the known factors involved in the collection of high-
quality head-related transfer functions. While the chapters are easy enough
to understand, they are not really intended for complete novices. In general,
the chapters of the book seem to be geared toward those readers who have
some knowledge in one particular area of acoustics but would like to obtain
a broad overview of the current state of the art in other areas.

The second major contribution of the book is that it provides a detailed
overview of the current state of acoustic research in Europe. Fifteen of the
seventeen contributors to the book are currently affiliated with European
institutions, and the remaining two have strong historical ties to European
universities. Consequently, many of the chapters are filled with outstanding
references to prior work that has been published in non-English journals or
in European doctoral dissertations that may be unfamiliar to many American
readers. I personally found a number of useful references that were relevant
to my own research areas, and I believe that many other readers of the book
might have the same experience. Thus, I believe the book will prove to be an
invaluable resource for acoustic researchers to broaden the scope of their
knowledge about prior work in their own specific areas of expertise.

The final and perhaps the greatest contribution of this book is that it
serves as a poignant reminder of the breadth and the depth of the contribu-
tions that Jens Blauert has made in the study of acoustics over the course of
his illustrious career at the Ruhr-University Institute of Communication
Acoustics in Bochum, Germany. Blauert’s 1983 book on Spatial Hearing
and its 1997 revision are still widely considered to be the gold standard for
understanding the processes involved in auditory localization, and he and his
collaborators have made immeasurable contributions to the development of
binaural models. At least four of the contributors to this book are Blauert’s
students, and in his opening chapter he references 43 of the more than 50
Ph.D. dissertations he has supervised. Though we certainly have not heard
the last from him, this book serves as a fitting tribute to the tremendous
impact Jens Blauert has had on the worldwide study of acoustics in the
many distinguished years he has served as Professor at the Ruhr University
of Bochum.

DOUGLAS BRUNGART
Air Force Research Laboratory,
WPAFB, OH 45433
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7,031,155
43.25.Nm ELECTRONIC THERMAL MANAGEMENT

Toan Sauciuc and Gregory M. Chrysler, assignors to Intel
Corporation
18 April 2006 (Class 361/695); filed 6 January 2003

This patent discloses the use of a piezoelectric bending element as a
single-blade flapping fan. The idea is not new, but was developed for just the
application described here (attachment to integrated circuit packages for
cooling) by Purdue researchers in 2001. What may be new is the packaging
of the flapping element inside a chamber.—JAH

7,035,166

43.30.Pc 3-D FORWARD LOOKING SONAR WITH
FIXED FRAME OF REFERENCE FOR
NAVIGATION

Matthew Jason Zimmerman and James Henry Miller, assignors to
FarSounder, Incorporated
25 April 2006 (Class 367/88); filed 17 October 2003

A forward-looking (or side-looking, or bottom-looking) sonar system
incorporates a transmit transducer for projecting a signal into the water
ahead of the vessel and a phased array of receivers to provide return signals
to a computer, which then determines azimuthal and elevation angles and
times of arrival of the return signals. The system is equipped with roll and
tilt sensors, GPS receiver, and compass. The acoustic information plus the
roll and tilt information is processed to create a 3D image of the space ahead
of the vessel relative to a fixed frame of reference, i.e., the Earth. Advanced
signal processing techniques allow the computer to extract targets from the
raw data and other features of the system enable the suppression of multi-
path targets.—WT
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7,028,529

43.35.Yb APPARATUS AND METHODS FOR
TESTING ACOUSTIC PROBES AND SYSTEMS

James M. Gessert ef al., assignors to Sonora Medical Systems,
Incorporated
18 April 2006 (Class 73/1.82); filed 28 April 2003

This is the latest in a series of patents describing a fairly straightfor-
ward method for sequentially testing the individual probes and cables used
in an ultrasonic imaging system. The invention itself is not as interesting as
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the patent filing strategy. Of the 13 references cited, all but one were sup-
plied by the examiner, including the earlier patents assigned to Gessert et al.
Apparently, inventors and patent attorneys have very short memories.—
GLA
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7,029,446

43.35.Yb STANDOFF HOLDER AND STANDOFF
PAD FOR ULTRASOUND PROBE

Martin Edmund Wendelken, ElImwood Park and Charles Pope,
Guliford, both of New Jersey
18 April 2006 (Class 600/459); filed 30 October 2003

Disclosure is made for an accommodative standoff ultrasound probe
holder. The standoff holder can be mounted and utilized with transducers of
different sizes and shapes. The standoff holder includes a removable gel

10

insert that can self-adjust the contact between the transducer’s acoustic win-
dow and an ultrasonic target such as a human body, an animal, or any other
object.—DRR

7,029,598

43.38.Ar COMPOSITE MATERIAL FOR
PIEZOELECTRIC TRANSDUCTION

Masao Sato, assignor to Fuji Photo Film Company, Limited
18 April 2006 (Class 252/62.9R); filed in Japan 19 June 2002

This patent will be of some interest to acousticians, as it describes a
piezoelectric composite material that is suitable for damping flexural vibra-
tions. The emphasis here is on the chemistry of the matrix material that
serves as the medium in which piezoelectric particles are embedded. The
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authors find that liquid crystals of various types have good properties for
such a matrix, and proceed to describe four liquid crystal polymers that
function well as such a host material. The actual gains in damping over
standard piezoelectric laminates appear to be modest. The nature of the
piezoelectric material used is not disclosed.—JAH
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7,029,850

43.38.Ar TRAVERSE SHEAR MODE
PIEZOELECTRIC CHEMICAL SENSOR

Michael Thompson and Gordon L. Hayward,
assignors to SencorChem International Corporation

18 April 2006 (Class 435/6); filed 29 September 2000

This patent describes a shear mode sensor that is used to monitor the
binding of biological molecules to its sensitized surface. The resulting sen-
sor can be used for highly specific detection and identification of biological
molecules, DNA fragments, viruses, and the like. The patent is scarce on the
acoustics of the system but does give a specific example of the detection
signals for HIV binding. Not really a novel idea.—JAH

7,030,538

43.38.Ar PIEZOELECTRIC TRANSFORMER,
PIEZOELECTRIC TRANSFORMER UNIT, INVERTER
CIRCUIT, LIGHT EMISSION CONTROL DEVICE,
AND LIQUID CRYSTAL DISPLAY DEVICE

Hiroshi Nakatsuka et al., assignors to Matsushita Electric
Industrial Company, Limited
18 April 2006 (Class 310/312); filed in Japan 14 June 2001

Can this be a record for the most claims included in a patent title? This
patent discloses a piezoelectric step-up transformer of the Rosen type, but in
a disk configuration. A piezoelectric disk is driven into radial oscillation by
the voltage imposed on electrodes 12 and 15, and a stepped-up output volt-
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age is developed across 13 and 15. The device is similar to many others of
this type, but does have simplified fabrication possibilities. Unfortunately,
no test results are given so we have to take the performance claims as
unproven.—JAH
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7,034,370

43.38.Bs MEMS SCANNING MIRROR WITH
TUNABLE NATURAL FREQUENCY

Ting-Tung Kuo, assignor to Advanced Nano Systems,
Incorporated
25 April 2006 (Class 257/414); filed 22 November 2002

The author has designed an electrostatically driven MEMS mirror.
This mirror and drive arrangement is distinguished by the presence of an
additional electrode that is used to bias the electrostatic drive and change the
effective spring constant of the mechanical suspension by acting in parallel
with it. There is nothing new to any of this.—JAH

7,037,270
43.38.Fx SMALL ULTRASOUND TRANSDUCERS

James B. Seward, assignor to Mayo Foundation for Medical
Education and Research
2 May 2006 (Class 600/459); filed 13 June 2003

The patent deals with miniaturized ultrasound transducers (e.g., less
than 4 X4 X 10 mm) which are usable in small spaces, such as those within
a surgical field or placed upon, within, attached to, embedded within, etc.
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structures, organs, or devices. The ultrasonic transducer can be mounted
onto or incorporated into a holding device to allow for easy manipulation of
that transducer. The miniaturized transducer can be made to communicate
with a processing unit wirelessly or via an electrical wire or cable—DRR

7,006,651
43.38.Ja SPEAKER

Masataka Ueki, assignor to Uetax Corporation
28 February 2006 (Class 381/396); filed in Japan 26 February 2001

A waterproof loudspeaker is described whose main use appears to be
for pagers and similar devices, although the patent discusses divers, which
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the reviewer reads to mean SCUBA. The device can also find use “in bad
environments of air that includes dust and the like.” The prose is dense, but
the device appears to be workable—NAS
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7,010,138
43.38.Ja LOUDSPEAKERS

Neil Harris and Graham Bank, assignors to New Transducers
Limited

7 March 2006 (Class 381/337); filed in the United Kingdom 6 No-
vember 1998

A distributed mode loudspeaker is mounted to various types of ducts in
various ways. A variation that builds on simpler figures and claims shows
the radiator 2 mounted such that sound radiates out to ducts 8. By closing
one duct, a chamber behind the radiator is formed. By rotating one duct 8 to
the other side, sound is radiated in another direction. By extending duct 8,
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and adding openings along the length of the duct, a distributed sound source
system can be made. And so on for 11-plus figures and 27 claims. An
obvious use of this type of arrangement, which does not appear to be de-

scribed or mentioned in the specifications or the claims, would be for active
noise control in ducts, which you first heard here.—NAS

7,010,141
43.38.Ja SPEAKER DEVICE

Hideaki Sugiura ef al., assignors to Pioneer Corporation
7 March 2006 (Class 381/404); filed in Japan 6 December 2002

By using a spider holder (or damper holder 30 as used in the patent)
that is supported at three places around the perimeter of the shoulder on
speaker frame 20, bad vibrations are canceled and good vibrations are en-
hanced. The damper holder 30 is attached using screws that lie below the
damper. One assumes that the damper is placed on the damper holder after

30
)

L 20

31a

the screws are installed. In addition to the benefits listed in the specifications
and claims of the patent, there is also the increase in the constituent parts for
the assembly, the additional alignment of the damper and the three damper
holder projections, additional care to insure that the adhesive that attached
the damper to the holder does not bridge the gap between the holder and the
frame, among others.—NAS
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7,010,143

43.38.Ja RECTANGULAR PANEL-FORM
LOUDSPEAKER AND ITS RADIATING PANEL

Tai-Yan Kam, Hsin Chu, Taiwan, Province of China
7 March 2006 (Class 381/426); filed 22 August 2002

Despite a lengthy prosaic recitation of what one would call a selective
review of sound radiation from a flat panel, which invokes the hallowed
name of Lord Rayleigh, and a detailed specification of the uniaxial laminate

B-B Cross section
that is used for the panel skins, what is actually described appears to be very
similar to inventions patented by NXT, Armstrong, and Slab, among many
others.—NAS

7,027,609
43.38.Ja DIAPHRAGM FOR SPEAKERS

Yoshimi Kudo et al., assignors to Pioneer Corporation
11 April 2006 (Class 381/423); filed in Japan 31 August 2000

A patent document written by an experienced patent attorney can be
almost impossible for a layman to decipher. In the case at hand, the patent
appears to have been written by a Japanese patent attorney and then trans-
lated into English. In spite of this, a careful reading of the claims section in
relation to the illustrations yields a pretty good idea of what has been pat-

1

ented. Loudspeaker cone 2 is made of metal. An irregular auxiliary cone 4 is
bonded to the inner portion of the metal cone. This technique is said to
attenuate the sharp high-frequency peak that normally shows up in the re-
sponse of a metal cone. However, what is patented is not the general idea of
such an auxiliary cone but rather an auxiliary cone made of paper—the
claims are quite specific about this point.—GLA

7,031,487

43.38.Ja TABBED SPEAKER FRAME WITH
OVERSIZED DIAPHRAGM

Enrique M. Stiles, assignor to STEP Technologies, Incorporated
18 April 2006 (Class 381/398); filed 14 May 2003

This loudspeaker design includes two important features. The first—a
square (tabbed) frame—is well-known prior art dating back at least 30
years. However, the second feature is both novel and interesting. The outer
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cone suspension terminates in vertical slot 114 rather than a flat flange. This
may offer performance advantages in addition to simply saving a bit of
space.—GLA

7,035,419

43.38.Ja ANTI-RESONANT STRUCTURE FOR
SPEAKERS

Ching-Hsiang Yu et al., assignors to Uniwill Computer
Corporation
25 April 2006 (Class 381/353); filed 9 January 2004

This miniature loudspeaker system attempts to minimize cabinet vibra-
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tion by including a resilient sealing ring 30 and then holding the speaker in
place with spring clip 202.—GLA

7,031,489

43.38.Ja MAGNETIC CIRCUIT FOR SPEAKER WITH
SHORT-CIRCUITING RING

Kenta Amino, assignor to Minebea Company, Limited
18 April 2006 (Class 381/414); filed in Japan 28 August 2002

A shorting ring is sometimes inserted into the gap of a moving coil
loudspeaker to increase high-frequency efficiency. The ring acts as a shorted
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turn, counteracting the inductance of the coil and thereby reducing imped-
ance in the high-frequency region. The trick is to position the shorting ring
close to the voice coil, where it is effective, yet not significantly increase the
width of the magnetic gap. A number of patented geometries address this
trade-off. This patent describes a shorting ring 16 that takes the form of an
aluminum or copper cylinder inserted below the magnetic gap. More spe-
cifically, as set forth in the patent claims, it “fits into grooves located at the
bottom face of the top plate and the top face of the bottom yoke.”—GLA

7,035,424

43.38.Ja LOUDSPEAKER HAVING AN INNER LEAD
WIRE SYSTEM AND RELATED METHOD OF
PROTECTING THE LEAD WIRES

Eugene P. Brandt, West Paducah, Kentucky
25 April 2006 (Class 381/409); filed 9 April 2002

It is difficult to pin down exactly what has been patented here. An
otherwise conventional moving coil loudspeaker has its electrical connec-
tions brought out through the center pole piece, as is done in some commer-

]
Sk
26 12
4238

35
40
22
16
17 L
] i

NN 26

44

cial loudspeakers. However, the patent claims describe five possible embodi-
ments, most of which include some kind of *“guide” or “adapter” to hold
the wires in place—GLA

7,027,603

43.38.Kb EAR LEVEL NOISE REJECTION VOICE
PICKUP METHOD AND APPARATUS

Jon C. Taenzer, assignor to GN Resound North America
Corporation
11 April 2006 (Class 381/92); filed 21 February 2003

The patent describes a small first-order gradient microphone located at
the side of the user’s head and whose principal axis is oriented fore-aft.
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Because of its proximity to the mouth of the user, it can further be equalized
to act as a conventional noise-canceling microphone. Because of its location
at the side of the user’s head it is well out of the way of interfering breath
blasts and should work very well in typical broadcast news gathering
applications.—JME

7,003,124

43.38.Lc SYSTEM AND METHOD FOR ADJUSTING
FREQUENCY RESPONSE CHARACTERISTICS

OF HIGH-PASS CROSSOVERS SUPPLYING SIGNAL
TO SPEAKERS USED WITH SUBWOOFERS

James Thiel, assignor to Thiel Audio Products
21 February 2006 (Class 381/99); filed 20 April 2001

A means is described of building and adjusting a crossover network,
by use of, but not necessarily limited to, the characteristic frequency, Q, and
enclosure type of the main speaker, so that the low-frequency response of

|
|
|
|
|
/ 330a |
|
sona| DESEED :
TRANSFER
INPUT | runcrionor | 1440 SIGNAL TO
10 CROSSOVER- [ T % spMAlgRs
N :390 OPERATIONAL 1
AMPLIFIER |
1380 1220
ry !
! i
| |
3702 |
| / I
| EQUIVALENT :
| OF |
| MAIN |
| | sPeaker
| HIGH-PASS I
| FUNCTION :
! |
310 /" |
| !
|
: |
________________ J
INVERSE OF MAIN
SPEAKER TRANSFER
FUNCTION

the main loudspeaker system better “blends” with the sound output of a
subwoofer. The adjustment is accomplished using a microcontroller to trans-
late the input parameters into the equivalent resistors and capacitors needed
to tune the filters. A clear discussion of the filter design is included in the
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body of the patent, as well the use of an equivalent-resistance circuit that
can be used for some of the resistors in the filter circuits. The microcontrol-
ler can adjust the effective resistances in the equivalent-resistance circuit.—
NAS

7,013,011
43.38.Lc AUDIO LIMITING CIRCUIT

William A. Weeks and William R. Morrell, assignors to
Plantronics, Incorporated

14 March 2006 (Class 381/98); filed 28 December 2001

A smart limiting circuit is proposed which would decrease the ampli-
tude of a signal according to predicted output sound pressure from a known
loudspeaker system, thereby providing a new output that is specifically tai-
lored to the frequency and amplitude response of the reproduction system.—
SAF

7,026,539

43.38.L.c MUSICAL EFFECT CUSTOMIZATION
SYSTEM

James D. Pennock ef al., assignors to Harman International
Industries, Incorporated
11 April 2006 (Class 84/662); filed 19 November 2003

Once again, the issue is modeling the effect of “classic” tube/value
amplifiers and loudspeakers via DSP techniques. A combination of FIR 88
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and IIR 90, 98 filters can be used to filter the input. In addition, “‘blends”
can be customized by the user.—MK

7,027,239
43.38.Md DATA ACQUISITION SYSTEM

William B. Priester, Memphis, Tennessee et al.
11 April 2006 (Class 360/6); filed 13 March 2002

This is a simple proposal: use an existing sound card as data acquisi-
tion system. But, before we do that, let us convert the input voltage to
frequency (via an LM331 V/F converter). Now the original voltage can be
recovered via a FFT. Seems like a lot of trouble where a simple amplifier
would suffice—MK
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7,029,361
43.38.Md FINGER PUPPETS WITH SOUNDS

Amy M. Seibert et al., assignors to The Marketing Store
Worldwide, L.P.
18 April 2006 (Class 446/327); filed 9 September 2003

Place a ubiquitous sound chip inside a finger puppet. The printed cir-
cuit board 10 is connected to the speaker 12 and finger switch 21. The
batteries 18 are visible inside the compartment. If each finger was a note in
a scale, then with two toes a full scale would be possible—MK

6,967,276

43.38.Si PORTABLE TELEPHONY APPARATUS
WITH MUSIC TONE GENERATOR

Tsuyoshi Futamase et al., assignors to Yamaha Corporation
22 November 2005 (Class 84/622); filed in Japan 28 July 1999

Cell phones have always had reasonably capable audio output devices
in order to produce audible speech. Then, why did so many early phones use
a harsh monotone buzzer to produce ring tones? One reason is that it takes
a lot of memory to store an audio waveform. This patent represents a re-
sponse to that situation. For the sake of storage efficiency, the sound is still
produced by a parametric mechanism and, so, is still subject to the limits of
what the parameters can generate. But, that includes simultaneous tones,
along with fairly elaborate mechanisms to control timing and pitch. Options
are also available to allow karaoke and video sync. The device would drive
the speaker, not a buzzer—DLR

7,027,604

43.38.Si CIRCUIT TO PREVENT ACOUSTIC
FEEDBACK FOR A CELLULAR SPEAKERPHONE

Kee Eng Soo et al., assignors to Motorola, Incorporated
11 April 2006 (Class 381/93); filed 24 September 2001

Most cellular telephones can be used with a speakerphone accessory
for hands-free operation. When used as a speakerphone, the earpiece is
disabled and an external speaker takes its place. Concurrently, the internal
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microphone is switched off and an external microphone is enabled. How-
ever, many cellular phones include a short delay when switching off the
microphone. Thus, during the transition from earpiece to external speaker,
acoustic feedback can be triggered, causing an annoying squeal. One obvi-
ous solution would be to briefly mute the speakerphone, and this patent
describes a practical method for doing just that—GLA

7,035,421
43.38.Si EARPHONE SET

Hsi Kuang Ma, Taipei, Taiwan, Province of China
25 April 2006 (Class 381/372); filed in Taiwan, Province of China 5
December 2001

Headset transducers 1 are oriented to point in the same direction. That
is, the sound output of one transducer is directed toward the ear while that of
the other transducer is directed away from the other ear. “In this way, the

sound signals can move in the same direction to enhance the clearness of the
sound out in addition to removing the ear pain.” Actually, it is a headache
that bothers me after reading the patent.—GLA

7,035,597
43.38.Si UNIVERSAL COMMUNICATION DEVICE

Bernard Maden, assignor to Gallet SA
25 April 2006 (Class 455/90.2); filed in France 12 December 2000

A military intercom set may be used with a variety of microphones and
headsets. If these are connected to appropriate pins of a universal connector,

2

e

6a 6b

then it becomes possible to ‘“‘automatically configure the electronic box
without requiring special keypads or selector knobs.” Such a scheme is
worked out in considerable detail in this short patent.—GLA
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7,027,601
43.38.Vk PERCEPTUAL SPEAKER DIRECTIVITY

James David Johnston, assignor to AT&T Corporation
11 April 2006 (Class 381/56); filed 3 May 2000

Filter banks 100 and 130 correspond more or less to the critical bands
of human hearing. At higher frequencies, filter bank 100 detects leading
edges in the signal’s envelope. The presence of a strong leading edge im-
plies a directional source, and the output of the corresponding reconstruction
filter 130 is routed through amplifier 153 to a directional loudspeaker. If
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there is no strong leading edge, the signal is assumed to be nondirectional
and is routed through amplifier 155 to a diffuse-source loudspeaker. Al-
though not specifically mentioned in the patent, this might be an interesting
way to extract a surround sound signal from conventional two-channel ste-
reo program material.—GLA

7,031,474
43.38.Vk ACOUSTIC CORRECTION APPARATUS

Thomas C. K. Yuen et al., assignors to SRS Labs, Incorporated
18 April 2006 (Class 381/1); filed 4 October 1999

This is a long patent. It includes more than 40 figures, 24 pages of
descriptive text, and 35 claims. Like dozens of earlier patents in this field, it
describes a method for enhancing the reproduction of conventional two-
channel stereo program material. The method described here is a fairly
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complicated mixture. It includes some multiband processing, a dab of dy-
namic expansion, a bit of HRTF-based image correction, and a healthy
serving of synthetic bass boost. Unlike many patents, the claims provide a
clear description of what has been patented. However, what is described
seems to be familiar prior art in more than one instance.—GLA
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7,030,718

43.38.WI APPARATUS AND METHOD FOR
EXTENDING TUNING RANGE OF ELECTRO-
ACOUSTIC FILM RESONATORS

Dieter Scherer, assignor to National Semiconductor Corporation
18 April 2006 (Class 333/188); filed 9 August 2002

This patent describes a circuit for use with a film bulk acoustic reso-
nator that extends the tuning range of such a device. It comprises an induc-
tor, a varactor diode, and the FBAR to be tuned. There is not much new
here, but the exposition is clear and detailed for those who want to see how
it is done.—JAH

7,028,969

43.40.Tm SEISMICALLY RESTRAINED VIBRATION
ISOLATING MOUNTING DEVICE

Paul W. Meisel and Richard S. Sherren, assignors to Kinetics
Noise Control, Incorporated
18 April 2006 (Class 248/638); filed 14 August 2002

A three-axis snubber that is attached to the isolated object is arranged
near the support housing of an isolator so that the object’s (and the snub-
ber’s) travel is restricted if the object’s motion exceeds the clearance space
between the snubber and the housing. In a representative configuration the
snubber is suspended from a rod that extends through a spring; the latter
provides vertical isolation and the rod acts like a pendulum to provide hori-
zontal isolation.—EEU

7,028,997
43.40.Tm VIBRATION DAMPING TOOL

Hidebumi Takahashi and Yoichi Ishikawa, assignors to Mitsubishi
Materials Corporation
18 April 2006 (Class 267/137); filed in Japan 13 June 2001

A cylindrical cavity that houses a dynamic absorber is provided in an
essentially cylindrical holder for a machining tool. This absorber consists of
a mass that is enclosed by a visco-elastic material —EEU

7,032,723

43.40.Tm BRAKE ASSEMBLY WITH TUNED MASS
DAMPER

Ronald Louis Quaglia et al., assignors to Ford Global
Technologies, LL.C
25 April 2006 (Class 188/73.37); filed 22 October 2002

A dynamic absorber is located in a hole in a brake component, such as
a backplate that supports a brake pad, in order to suppress brake squeal
noise. The absorber consists of a resiliently supported mass and is tuned to
the frequency of the noise that is to be suppressed. Locating the absorber in
a hole has packaging and manufacturing advantages and also makes the
absorber less susceptible to damage in use.—EEU

7,033,140

43.40.Tm COOLED ROTOR BLADE WITH
VIBRATION DAMPING DEVICE

Shawn J. Gregg, assignor to United Technologies Corporation
25 April 2006 (Class 416/135); filed 19 December 2003

The device described in this patent differs only in minor ways from
that described in Unites States Patent 6,929,451 [reviewed in J. Acoust. Soc.
Am. 119(2), 688 (2006)]. It deals with a “stick damper” for a rotor blade
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that is provided with gas-flow passages and orifices, with the stick damper
arrangement configured so that it interferes minimally with the cooling gas
flow.—EEU

7,027,353

43.40.Yq METHOD AND APPARATUS FOR
REAL-TIME VIBRATION IMAGING

Philip Melese et al., assignors to SRI International
11 April 2006 (Class 367/7); filed 2 April 2004

A detector array is configured to receive light or other radiation re-
flected from a target object. The signals correspond to the received radiation,
which is modulated as the object vibrates, high-pass filtered to remove the
effects of ambient radiation, and sampled at a predetermined frequency, such
as 1 kHz. The data are stored periodically, such as once per second, and then
subjected to various types of analysis, such as Fourier analysis. Since each
detector of the array receives radiation from a particular region of the target
object, a series of full images of the object’s vibrations can be generated.
The apparatus may be used, for example, to detect problems with machinery
or for seismic exploration—EEU

7,028,015

43.50.Ki FILTERING DEVICE AND METHOD FOR
REDUCING NOISE IN ELECTRICAL SIGNALS,
IN PARTICULAR ACOUSTIC SIGNALS AND IMAGES

Rinaldo Poluzzi et al., assignors to STMicroelectronics S.r.l.
11 April 2006 (Class 706/1); filed in the European Patent Office 29
November 2000

This patent presents one of the more complicated entries in the adap-
tive noise-filtering genre. The signal is filtered by reconstruction as a mov-
ing average model whose weights are set by a complicated scheme involv-
ing fuzzy logic, which responds to the noise or other signal corruption (such
as competing signals) in a neural network implementation—a “‘neuro-fuzzy
network.” The stated goal is to be able to preserve “steep edges” in the
target signal which would be filtered out by standard adaptive filtering
techniques.—SAF

7,035,796

43.50.Ki SYSTEM FOR NOISE SUPPRESSION,
TRANSCEIVER AND METHOD FOR NOISE
SUPPRESSION

Ming Zhang and Hui Lan, assignors to Nanyang Technological
University
25 April 2006 (Class 704/226); filed 6 May 2000

This is a rather strange patent in that the noise cancellation method
described appears to be specific to a particular noisy environment which
includes “narrow band noise from rotating machine” [sic] and audio signals
from loudspeakers. The method involves somehow determining the noise
signals directly from the offending devices, and using this information to set
the parameters of typical adaptive filters, together with a third adaptive
filtration scheme to cope with additional ambient noise. —SAF

6,968,738
43.58.Gn ACOUSTIC FLUID-GAUGING SYSTEM

Harry Atkinson, assignor to Smiths Group plc
29 November 2005 (Class 73/290 V); filed in the United Kingdom
2 October 2001

This patent describes an ultrasonic fuel gauge for use in aircraft fuel
tanks. A probe immersed below the operating fuel level in the tank transmits
a pulse toward the surface and measures the reflected signal. Various analy-

Reviews of Acoustical Patents 1764



ses are performed on the received signal, including comparisons with reflec-
tions from multiple probes in the same tank, to determine the fuel level.—
DLR

7,035,416
43.60.Bf MICROPHONE ARRAY APPARATUS

Naoshi Matsuo, assignor to Fujitsu Limited
25 April 2006 (Class 381/92); filed in Japan 26 June 1997

This patent deals with adaptive microphone arrays for use in video
conferencing, a class of developments we are seeing more of in these pages.
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Methods are described for converging on an arbitrary sound source while
“stably and precisely suppressing noise, emphasizing a target sound and
identifying the position of a sound source.” —JME

7,035,417

43.60.Cg SYSTEM FOR REDUCING NOISE IN THE
REPRODUCTION OF RECORDED SOUND
SIGNALS

Thomas N. Packard, Syracuse, New York
25 April 2006 (Class 381/94.1); filed 5 April 1999

Those of you who are old enough may remember the spate of transient
noise reduction devices that were introduced during the sunset years of the
LP record. Some of these devices compared a signal with that same signal,
slightly delayed, toggling between the two as required in order to minimize
the audible effect of a tick or pop. This patent describes various elaborations
on a tried and true process that may have uses well beyond the playback of
mechanical recordings.—JME

7,027,600
43.60.Ek AUDIO SIGNAL PROCESSING DEVICE

Toshiyuki Kaji et al., assignors to Kabushiki Kaisha Sega
11 April 2006 (Class 381/17); filed in Japan 16 March 1999

This patent deals with synthesizing and enhancing of sound effects for
computer games. A given sound effect is built from the bottom up, so to
speak, through the interaction of a number of spatial coordinates and basic
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waveform data, along with a number of modifying functions. The aim is to
increase realism and speed of response to rapidly changing commands. The
conceptual nature of this process is shown in the figure.—JME

7,028,559

43.60.Mn METHOD OF AND A DEVICE FOR
ACOUSTICALLY MONITORING THE COURSE OF A
PROCESS, SUCH AS A MILKING PROCESS

Dick M. Oort and Karel Van den Berg, assignors to Lely Research
Holding AG a Swiss Limited Liability Company
18 April 2006 (Class 73/861.18); filed 14 May 2002

The patent relates to a method of monitoring a process whereby the
amplitude differences or the intensities of the sound, or both, are measured.
These characteristics of the sound or vibration are measured continuously or
with an adjustable sample rate by means of a sound and/or vibration sensor,
such as a piezoelectric transducer, during the entire process or part of the
process, and are compared mutually and/or with a predetermined threshold
value or reference pattern for the purpose of establishing conclusions relat-
ing to the course of the process.—DRR

7,028,633

43.60.Mn DEVICE FOR KEEPING BIRDS AWAY
WITH DIFFERENTIAL MANAGEMENT FUNCTIONS

Marco Pinton and Luciano Santarelli, assignors to Aviotek
Engineering S.r.l.
18 April 2006 (Class 116/22 A); filed in Italy 23 January 2003

This is a device for keeping birds away from a designated region
through differential management functions. The device consists of a control
unit connected to a pilot system that controls one or more emission units.
The emission units may emit sound, or light, or both. The pilot system and
each emission unit consist of a casing with an optional protection cover, a
control circuit, and one or more light and sound emitters. The control unit
activates the light and sound emitters, receives operating instructions from
the pilot system, and verifies the correctness of the operation of all compo-
nents in the unit—DRR

7,025,785
43.66.Ts INCUS REPLACEMENT PROSTHESIS

K. Paul Boyev, assignor to University of South Florida
11 April 2006 (Class 623/10); filed 30 December 2004

This device is designed to restore hearing to individuals who have a
discontinuity in the middle-ear sound-conduction mechanism. The device is
meant to address a specific problem arising often in middle-ear surgery.
Currently, middle-ear prostheses may be inadequate to remedy the specific
problem of a lateral relationship of the stapes capitulum to the malleus,
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thereby necessitating a cartilage graft that can result in poor sound-
conductive properties. This auditory prosthesis, adapted to be inserted into
the ear, includes an adjustable pivot element configured to contact the stapes
capitalum, a positioning element integral to the adjustable pivot element,
and an anchoring device (with two legs) that forms a bearing surface to
contact the inner wall of the tympanum.—DRR

7,027,607

43.66.Ts HEARING AID WITH ADAPTIVE
MICROPHONE MATCHING

Brian Dam Pedersen and René Mortensen, assignors to GN
Resound A/S

11 April 2006 (Class 381/313); filed in Denmark 22 September
2000

In order to maintain maximum directional performance using two om-
nidirectional microphones and two amplifier channels, signal processing cir-
cuitry senses the difference over time of the average signal levels of the
microphone outputs and makes corrections as a function of frequency to
keep the two channels matched. —DAP

7,027,608
43.66.Ts BEHIND THE EAR HEARING AID SYSTEM

Robert J. Fretz et al., assignors to GN ReSound North America
11 April 2006 (Class 381/330); filed 17 July 1998

The normal acoustic termination consisting of an ear hook attached to
a hearing aid receiver output nozzle and connecting through tubing to a

32 42 )/

/12

34
custom earmold is replaced by a preformed semirigid tubing attached to a
noncustom eartip.—DAP
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7,031,482

43.66.Ts PRECISION LOW JITTER OSCILLATOR
CIRCUIT

Wei Yang and Frederick Edward Sykes, assignors to Gennum
Corporation
18 April 2006 (Class 381/312); filed 10 October 2003

Differential inverters such as used in hearing aids are configured in a
feedback loop to generate a clock signal. A capacitive trimming network in
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the differential inverters allows the frequency of the clock to be adjusted and
resistive loads are used to minimize jitter—DAP

7,031,483

43.66.Ts HEARING AID COMPRISING AN ARRAY
OF MICROPHONES

Marinus Marias Boone ef al., assignors to Technische Universiteit
Delft

18 April 2006 (Class 381/313); filed in the Netherlands 20 October
1997

Building on the work of Soede, two beam signals are derived by sum-
ming the outputs of multiple microphones configured on the hearing aid
wearer as an end-fire array and/or a broadside array. The main sensitivity
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directions of the two outputs occur symmetrically at an angle to the left and
to the right relative to the main axis of the array. The left and right signals
are selectively amplified and fed to the wearer’s left and right ear,
respectively.—DAP

7,031,481

43.66.Ts HEARING AID WITH DELAYED
ACTIVATION

Rene Mortensen, assignor to GN Resound A/S
18 April 2006 (Class 381/312); filed 7 February 2003

To avoid acoustic feedback oscillation while the hearing aid is being
placed on the wearer’s head or in an ear of the wearer, the hearing aid circuit
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temporarily blocks the signal path following power on for an adjustable
delay time. To notify the wearer of the duration of the delay, the hearing aid
emits a special power-on delay signal —DAP

7,031,484

43.66.Ts SUPPRESSION OF PERCEIVED
OCCLUSION

Carl Ludvigsen, assignor to Widex A/S
18 April 2006 (Class 381/316); filed in Denmark 13 April 2001

To equalize out the head-shadow effect on the hearing-aid wearer’s
own voice, the low-frequency acoustic input level is decreased if the wearer
is speaking by increasing the compression ratio of the hearing-aid amplifier

Hearing aid 20
~

36 26 38 ®
and optionally applying an offset gain in at least one low-frequency channel.
The system analyzes the input signal to determine if the wearer’s own voice
is present so as to not apply low-frequency reduction of the speech signals
from others.—DAP

7,025,061

43.66.Vt CUSTOMIZED PASSIVE HEARING
PROTECTION EARPLUG, USE OF THE SAME AND
METHOD FOR MANUFACTURING THE SAME

Mathias Haussmann, assignor to Phonak AG
11 April 2006 (Class 128/864); filed 25 August 2004

By manufacturing a custom-fit earmold from a pattern determined by a
laser scan of the cavum concha and a subsequent buildup of material, a
passive earplug is constructed that can be partly displaced to permit com-

munication. The earplug is held in place by the rim of the cavum concha,
which forces it to return to the fully inserted position when a tab 20 is

1767 J. Acoust. Soc. Am., Vol. 120, No. 4, October 2006

released. Communication circuitry can also be incorporated in the
earplug.—JE

7,013,276

43.72.Ar METHOD OF ASSESSING DEGREE OF
ACOUSTIC CONFUSABILITY, AND SYSTEM
THEREFOR

Corine A. Bickley and Lawrence A. Denenberg, assignors to
Comverse, Incorporated
14 March 2006 (Class 704/255); filed 5 October 2001

Here, we find a rare combination of an obvious method which is public
domain, and a largely ineffective one which is prior art. The former is the
idea of using the minimum edit distance between two phoneme strings to
measure confusability between the two. The latter is the idea to apply a
published method of acoustic feature detection to convert speech signals
into strings of acoustic features, and to then also use minimum edit distance
to measure the confusability —SAF

7,016,832

43.72.Ar VOICED/UNVOICED INFORMATION
ESTIMATION SYSTEM AND METHOD THEREFOR

Yong Soo Choi, assignor to LG Electronics, Incorporated
21 March 2006 (Class 704/208); filed in the Republic of Korea
22 November 2000

This incomprehensible document might be proposing a method for
measuring the degree to which a given speech frame is voiced, by somehow
comparing the spectral energy in harmonics of the input to those in a cor-
responding synthesized signal. But, it is hard to say anything for certain
about this patent—SAF

7,016,839

43.72.Ar MVDR BASED FEATURE EXTRACTION
FOR SPEECH RECOGNITION

Satayanarayana Dharanipragada and Bhaskar Dharanipragada
Rao, assignors to International Business Machines Corporation
21 March 2006 (Class 704/245); filed 31 January 2002

The authors appear to be patenting a speech recognition front end
which calculates the usual sorts of acoustic features such as linear predic-
tive, cepstral, etc. using a promising (according to the authors) new spectral
modeling technique found in the literature and known as minimum variance
distortionless response (MVDR). This technique seeks to minimize the vari-
ance in a sequence of acoustic features over successive frames. Since the
MVDR method was made public in a paper about speech modeling, it is
surprising a patent could be granted which applies it in a speech recognition
context and which adds little more than a few standard things.—SAF

7,027,980

43.72.Ar METHOD FOR MODELING SPEECH
HARMONIC MAGNITUDES

Tenkasi V. Ramabadran ef al., assignors to Motorola,
Incorporated
11 April 2006 (Class 704/217); filed 28 March 2002

A procedure is described for iteratively improving a linear predictive
signal model to determine the magnitudes of harmonics as correctly as pos-
sible. The procedure is described in some detail, but it involves a compli-
cated sequence of calculations which includes the unusual computation of a
“pseudo auto-correlation sequence” resulting from an inverse Fourier trans-
form of spectral harmonic magnitudes, and then performing linear predic-
tion on this sequence.—SAF
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7,035,792

43.72.Ar SPEECH RECOGNITION USING
DUAL-PASS PITCH TRACKING

Eric I-Chao Chang and Jian-Lai Zhou, assignors to Microsoft
Corporation
25 April 2006 (Class 704/207); filed 2 June 2004

A method for pitch tracking is described which uses the output from a
first pitch tracking algorithm as a set of candidate pitches for a second more
computationally expensive pitch tracking algorithm. The first algorithm sug-
gested is the “average magnitude difference function” technique, which is
cheap but less than effective. The second algorithm is suggested as a “‘nor-
malized cross-correlation” technique, which is more expensive but would
operate on a smaller sample size than the first-pass algorithm.—SAF

7,013,272

43.72.Dv AMPLITUDE MASKING OF SPECTRA FOR
SPEECH RECOGNITION METHOD AND
APPARATUS

Changxue Ma, assignor to Motorola, Incorporated
14 March 2006 (Class 704/227); filed 14 August 2002

The general idea here is to mitigate noise in speech signals by means
of spectral masking. One possible method involves downscaling those parts
of the spectrum that fall below a threshold, thereby literally clipping the
valleys between spectral peaks. It is not clear how this idea would extend to
noise of comparable amplitude to the speech.—SAF

7,024,359

43.72.Fx DISTRIBUTED VOICE RECOGNITION
SYSTEM USING ACOUSTIC FEATURE VECTOR
MODIFICATION

Chienchung Chang et al., assignors to Qualcomm Incorporated
4 April 2006 (Class 704/251); filed 31 January 2001

This patent pursues a currently popular aim, namely that of somehow
applying speaker-independent speech recognition approaches in a speaker-
dependent way. The acoustic features of the speech received are used to
select an adaptation model from a database to help characterize the speaker.
The features are then modified by some transformation based on this model
to put them into a form more amenable to the general speech recognition
algorithm. The patent is short on details, and contains no mathematics.—
SAF

7,024,366

43.72.Fx SPEECH RECOGNITION WITH USER
SPECIFIC ADAPTIVE VOICE FEEDBACK

Scott A. Deyoe and Tuan A. Hoang, assignors to Delphi
Technologies, Incorporated
4 April 2006 (Class 704/270.1); filed 14 January 2000

The authors propose to augment a speech recognition system with
multiple response possibilities, in a fashion that adapts itself to a particular
recognized user by selecting the most appropriate responses based upon the
user’s prior patterns of input. This would entail the ability to indeed recog-
nize a particular speaker, a fact which is mentioned in the patent, though not
addressed.—SAF
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7,031,926

43.72.Gy SPECTRAL PARAMETER SUBSTITUTION
FOR THE FRAME ERROR CONCEALMENT IN
A SPEECH DECODER

Jari Makinen et al., assignors to Nokia Corporation
18 April 2006 (Class 704/500); filed 30 July 2001

Transmission of coded speech over wireless networks involves inevi-
table lost or corrupted speech frames. This patent presents a technique for
interpolating lost speech frames from previous good frames, and for using
partial information that is received in corrupted frames to further optimize
the ‘“‘concealment procedure.” The method is presented as an equation,
which presumably speaks for itself, but evaluation results are also
reported. —SAF

7,027,986

43.72.Kb METHOD AND DEVICE FOR PROVIDING
SPEECH-TO-TEXT ENCODING AND
TELEPHONY SERVICE

Charles David Caldwell et al., assignors to AT&T Corporation
11 April 2006 (Class 704/235); filed 22 January 2002

The patent covers a method and an apparatus for providing automated
speech-to-text encoding and decoding for hearing-impaired people. A broad-
band subscriber terminal interfaces with (a) a network to transmit speech
packets; (b) a telephone to convey speech information; and (c) a display to
present textual information representing the spoken words. A speech buffer
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in the subscriber terminal receives speech data and a processor decodes and
displays a textual representation of the speech. A database stores the voice
and/or speech patterns that are utilized by a speech analyzer to recognize an
incoming caller and to associate a name, or at least the gender, with the
incoming call. A pitch and inflection analyzer evaluates speech to add punc-
tuation to the displayed text.—DRR

6,967,455
43.72.Ne ROBOT AUDIOVISUAL SYSTEM

Kazuhiro Nakadai et al., assignors to Japan Science and
Technology Agency
22 November 2005 (Class 318/568.12); filed in Japan 9 March 2001

This robot control system includes a sound detection mechanism
geared primarily to detect, identify, and locate speech sounds. When a voice
source has been located, the robot can orient toward the sound. An initial
response includes head-turning and, if the situation seems to call for it, the
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device can turn toward the voice and move in that direction. The speech
perception mechanisms are described in some detail.—DLR

6,968,311

43.72.Ne USER INTERFACE FOR TELEMATICS
SYSTEMS

Ronald P. Knockeart et al., assignors to Siemens VDO Automotive
Corporation
22 November 2005 (Class 704/270); filed 30 July 2001

Apparently, the term telematics, as used here, refers, in general, to
computer control of various kinds of equipment. However, examples given
are as diverse as cell phones and automobiles. In the car, the issue seems to

VEHICLE

involve navigation more than driving. The patent describes a collection of
fairly obvious techniques involving both audible and visual cues and feed-
back to help verify and confirm the accuracy of system commands being
entered by voice recognition or by manual operations.—DLR
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7,016,837
43.72.Ne VOICE RECOGNITION SYSTEM

Hiroshi Seo et al., assignors to Pioneer Corporation
21 March 2006 (Class 704/233); filed in Japan 18 September 2000

The authors propose to modify the standard sort of hidden Markov
model (HMM) speech recognition system by additionally modeling additive
noise and multiplicative distortion in distinct ways. Additive noise is given
its own HMM, which is then added (literally) to the speech HMM to yield
an initial “combination” HMM that is then adaptively modified in response
to changing noise. The modeling of multiplicative distortion is more ob-
scure, but refers to the “cepstrum means normalization” method that is
presumably prior art.—SAF

7,027,979

43.72.Ne METHOD AND APPARATUS FOR SPEECH
RECONSTRUCTION WITHIN A DISTRIBUTED
SPEECH RECOGNITION SYSTEM

Tenkasi Ramabadran, assignor to Motorola, Incorporated
11 April 2006 (Class 704/205); filed 14 January 2003

This patent builds upon a previous patent describing a distributed
speech recognition system in which just 13 mel-frequency cepstral coeffi-
cients defining the speech frames are transmitted from the mobile unit to the
central decoding system. The patent now describes a new method for recon-
structing the other coefficients which are not transmitted. This involves de-
termining the dependence of the missing coefficients on the transmitted ones
and on the pitch period, by exploiting the information in a large database of
speech signals.—SAF

7031,915

43.72.Ne ASSISTED SPEECH RECOGNITION BY
DUAL SEARCH ACCELERATION TECHNIQUE

James K. Baker, assignor to Aurilab LLC
18 April 2006 (Class 704/231); filed 23 January 2003

Speech recognition search involves a trade-off between considering
numerous alternatives in order of likelihood and just pushing ahead with a
first choice. It is considered impractical to consider alternatives in a theo-
retically ideal fashion in real-time search. This patent puts forth a new
scheme for combining the best attributes of a priority queue search and a
beam search into a “dual search’ algorithm. The algorithm can in principle
be used to combine other pairs of speech recognition search strategies.—
SAF

7,035,799

43.72.Ne METHOD AND DEVICE FOR VOICE
RECOGNITION

Alfred Hauenstein, assignor to Siemens Aktiengesellschaft
25 April 2006 (Class 704/246); filed in Germany 21 November 1997

The accuracy of a voice recognition system is adjusted automatically
with a prescribed input quantity based on the application and computing
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power available. One or more system parameters can be specified and
weighted in conjunction with the input quantity. The system can be adapted
with an adjusting element to individual requirements by trading off accuracy
for speed. —DAP

7,035,802

43.72.Ne RECOGNITION SYSTEM USING LEXICAL
TREES

Luca Rigazio and Patrick Nguyen, assignors to Matsushita
Electric Industrial Company, Limited
25 April 2006 (Class 704/256); filed 31 July 2000

To improve on the Viterbi algorithm in isolated word or continuous
speech recognition systems having limited processing power, pattern classi-
fication is performed by measuring the closeness between feature vectors
extracted from the input and reference patterns. After aligning two speech
patterns which may differ in duration and rate of speaking, a lexical tree
structure makes a decision on what is the closest reference pattern.—DAP

Node
] int mixture index
54 floats transition probability of
self-loop and loop-to-child
F-73
- boolean is_last_child
50
.- node *first_child_node
word end
58| float score
60| node *next_active_node

7,016,833

43.72.Pf SPEAKER VERIFICATION SYSTEM USING
ACOUSTIC DATA AND NON-ACOUSTIC DATA

Todd J. Gable ef al., assignors to The Regents of the University of
California
21 March 2006 (Class 704/209); filed 12 June 2001

A truly novel scheme is proposed for incorporating the data from a
“glottal electromagnetic microsensor” alongside acoustic speech data to
verify a speaker’s identity. The method is completely specified and test
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results are reported which show dramatic improvement of verification per-
formance as against traditional ‘““all-acoustic” methods.—SAF

7,028,914
43.75.Mn PIANO HUMIDISTAT

Robert W. Mair and E. Keith Howell, assignors to Dampp-Chaser
Electronics Corporation
18 April 2006 (Class 236/44 A); filed 29 September 2003

It is well known that humidity levels affect all wood instruments by
swelling (and contraction) of the wood fibers. This proposal uses an auto-
matic humidistat and heater to control the humidity levels inside the piano.
Next step: the harpsichord, where temperature and humidity control is not a
laughing matter—MK

7,031,922

43.75.Rs METHODS AND DEVICES FOR
ENHANCING FLUENCY IN PERSONS WHO
STUTTER EMPLOYING VISUAL SPEECH
GESTURES

Joseph Kalinowski et al., assignors to East Carolina University
18 April 2006 (Class 704/271); filed 20 November 2000

Embodiments of this device use visual choral speech (defined here as
visual speech gestures) as a fluency-enhancing stimulus relayed to a stutter-
ing patient during and/or in advance of speech output by the patient. The
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110 100
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118 PRODUCTION.
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visual choral speech can be coherent or incoherent and can be incongruent
with the speech content output by the patient. The visual choral speech
stimulus can be used with forms of auditory feedback or other forms of
treatment as well—DRR
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7,030,305

43.75.Tv ELECTRONIC SYNTHESIZED STEELPAN
DRUM

Salmon Cupid, Whitby, Ontario, Canada
18 April 2006 (Class 84/411 R); filed 6 February 2004

The inventor proposes a steel pan electronic interface. The use of a
“pressure sensor” is vaguely mentioned but all other details are conspicu-

ously absent. Isn’t this really just an extension of the numerous electronic
drum patents?—MK

6,992,245

43.75.Wx SINGING VOICE SYNTHESIZING
METHOD

Hideki Kenmochi et al., assignors to Yamaha Corporation
31 January 2006 (Class 84/622); filed in Japan 27 February 2002

This patent uses the well-known phase vocoder to model the sound of
a human singer. This is not new (as the inventors know, citing both Flana-
gan’s United States Patent 3,360,610 and Laroche and Dolson’s 1999 J.
Audio Eng. Soc. paper.) After a short-time Fourier transform, the spectral
peaks are identified. These peaks can be shifted up or down in the spectrum
according to the desired pitch. Since the phase vocoder is a FFT-based
method, it depends on both magnitude and phase, so the phase must be
interpolated along with the spectrum. Both magnitude and phase interpola-
tion are covered by Laroche and Dolson. Rodet and Depalle used the phase
vocoder to model the voice of Farinelli (the last castrato) in 1994. What is
marginally new here is the use of various tabular “throb data” (i.e., vibrato
or tremolo) to modify the spectrum before applying the inverse
transform.—MK
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7,033,321

43.80.Ev ULTRASONIC WATER CONTENT
MONITOR AND METHODS FOR MONITORING
TISSUE HYDRATION

Armen P. Sarvazyan, assignor to Artann Laboratories,
Incorporated
25 April 2006 (Class 600/449); filed 25 October 2004

We have here a device for determining the hydration and water content
status of soft biological tissue. The method uses a pair of ultrasonic trans-
ducers 10 (one not seen in this figure) located with a known separation
distance and held against the tissue of interest by an adjustable support

system. Measuring the transmission angle, the ultrasound velocity in the
tissue of interest is measured. The water content is evaluated on the basis of
time-of-flight results of the velocity measurement and the hydration status is
thus determined. One embodiment is a wearable device attached to human
calf for measuring water content in that muscle.—DRR

7,029,452

43.80.Qf ACOUSTICALLY-DRIVEN HYDROTHERAPY
SYSTEM

Noyal John Alton, Jr., Virginia Beach, Virginia
18 April 2006 (Class 601/47); filed 20 February 2003

This sounds (no pun intended) like an acoustic version of a Jacuzzi
system. The system consists of a rigid tank filled with a liquid. At least one
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acoustic wave impinges on the tank’s exterior walls, where it couples with
and is transmitted through the liquid. The walls of the tank act as reflectors
to enhance the hydrotherapeutic massage.—DRR
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7,029,445
43.80.Qf ULTRASONIC DIAGNOSING APPARATUS

Ryuichi Shinomura et al., assignors to Hitachi Medical
Corporation
18 April 2006 (Class 600/443); filed in Japan 12 January 2000

This is a medical diagnostic device for acquiring an ultrasonic image
by scanning the interior of the target object to be examined in real time with
an ultrasonic beam formed by a two-dimensional transducer array. The sys-
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tem includes means for correcting a focusing error that can occur due to the
difference in the propagation-path length of ultrasound transmitted or re-
ceived by a concentric multiring-type transducer—DRR

7,033,323

43.80.Qf METHOD AND SYSTEM FOR ANALYZING
RESPIRATORY TRACT AIR FLOW

Meir Botbol and Igal Kushnir, assignors to Deepbreeze Limited
25 April 2006 (Class 600/538); filed 4 February 2004

The operation of this analytical device is based on the finding that the
average acoustic energy over a region of an individual’s back or chest during
a given time interval can be correlated with the airflow portion in the res-
piratory tract underlying that region during that time interval. To perform the
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measurement, multiple microphones are fixed onto a subject’s back or chest
over the portion of the respiratory tract. Respiratory tract sounds are re-
corded from the region over a time interval, and the average acoustical
energy during the interval is determined at multiple locations in the region.
The average acoustical energy, summed over these locations, is then corre-
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lated with the airflow in the portion of the respiratory tract. In a preferred
embodiment, an airflow value is calculated equal to the logarithm of the
total acoustic energy.—DRR

7,037,268

43.80.Qf LOW PROFILE ACOUSTIC SENSOR ARRY
AND SENSORS WITH PLEATED TRANSMISSION
LINES AND RELATED METHODS

Michael Z. Sleva et al., assignors to MedA coustics, Incorporated
2 May 2006 (Class 600/459); filed 29 February 2000

The patent relates to disposable, low-profile acoustic sensors for cap-
turing sounds from within the human body. The acoustic sensors are espe-
cially designed for noninvasive digital acoustic cardiography, phonography,
and acoustic spectral applications. The low-profile acoustic array is config-
ured to selectively respond to shear waves while rejecting compression
wave energy in the frequency range of interest. One sensor may be config-
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ured as a linear strip with a frame segment having at least one rail extending
longitudinally and multiple sensor elements extending therefrom. These sen-
sor elements each have a resilient core and opposing PDVF outer layers
configured with opposing polarities onto the core. A detachable carrier mem-
ber carries the discrete sensors to maintain the positional alignment until
they are secured to a patient—DRR

7,035,684

43.80.Qf METHOD AND APPARATUS FOR
MONITORING HEART FUNCTION IN A
SUBCUTANEOUSLY IMPLANTED DEVICE

Brian B. Lee, assignor to Medtronic, Incorporated
25 April 2006 (Class 600/513); filed 26 February 2003

An implantable monitor is asserted to be minimally invasive. The
method for chronically monitoring a patient’s hemodynamic function is
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based on signals sensed by one or more acoustical sensors. The monitor may
be implanted subcutaneously or submuscularly relative to the heart to allow
acoustic signals generated by the heart or blood motion to be received by a
passive or active acoustic sensor. Circuitry for filtering and amplifying
acoustical data is provided and sampled data may be continuously or inter-
mittently written to a looping memory buffer. ECG electrodes and associ-
ated circuitry may also be included to simultaneously record ECG data.
Upon a manual or automatic event trigger, acoustical and ECG data may be
stored in long-term memory for future uploading to an external device. The
external device may present acoustical data visually and acoustically along
with associated ECG data to allow interpretation of both electrical and me-
chanical aspects of heart function—DRR

7,037,266

43.80.Qf ULTRASOUND METHODS AND
IMPLANTABLE MEDICAL DEVICES USING SAME

Bozider Ferek-Petric and Branko Breyer, assignors to Medtronic,
Incorporated
2 May 2006 (Class 600/453); filed 25 April 2002

The implantable system described in this patent uses ultrasound and
other techniques for measuring blood flow velocities at several sampling
rates. In order to minimize energy required for ultrasonic sampling, pulsed
Doppler signal packages provided by a pulsed ultrasound circuit are
switched at the lowest possible repetition rate such as to be able to record
the blood flow velocity within the heart. For example, the ultrasound cir-
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cuitry may be activated only within the part of the cardiac cycle designated
as the Doppler measurement interval (DMI). The ultrasound may be
switched off and on during the DMI and/or the ultrasound circuit may be
switched on and off at different sampling modes.—DRR
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7,025,735

43.80.Sh ULTRASONIC APPARATUS FOR THE
TREATMENT OF SEPTIC WOUNDS

Holger Soring and Jorg Soring, assignors to Soring GmbH
Medizintechnik
11 April 2006 (Class 601/2); filed in Germany 20 November 2000

This ultrasonic apparatus, designed to treat septic wounds, is essen-
tially a handpiece 1 containing a handle region 2 and a connecting tube 3 to
attach to a supply tube providing rock salt solution and medical treatment

agents such as heparin or antibiotics that are fed through the feed channel 5
to the sonotrode 7 or ultrasonic treatment head. The ultrasound energy is fed
in a conventional manner to the handpiece through a line 4 connecting to an
ultrasonic generator—DRR

7,025,724

43.80.Vj WAVELET DEPULSING OF ULTRASOUND
ECHO SEQUENCES

Dan Adam and Oleg Michailovich, assignors to Technion
Research and Development Foundation Limited
11 April 2006 (Class 600/437); filed 27 April 2001

A log spectrum (known as the cepstrum) of an echo sequence is com-
puted and a point-spread function is estimated using one of two methods. In
one method, a low-resolution wavelet projection of the log spectrum is used
to estimate the point-spread function spectrum. In the other method, the log
spectrum is thresholded to remove outlying components. From either
method, the frequency-domain phase of the point-spread function is ob-
tained and the point-spread function is deconvolved from the echo
sequence.—RCW

7,025,725

43.80.Vj THREE-DIMENSIONAL ULTRASOUND
COMPUTED TOMOGRAPHY IMAGING SYSTEM

Donald P. Dione et al., assignors to Ultrasound Detection Systems,
LLC
11 April 2006 (Class 600/443); filed 13 September 2004

Piezoelectric elements arranged in rings are used to transmit a cone-
shaped beam and also to receive ultrasound echos with a cone-shaped beam.
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The echoes are processed to construct a three-dimensional image of the
scattering object. The resulting image is displayed for analysis.—RCW

7,033,320

43.80.Vj EXTENDED VOLUME ULTRASOUND DATA
ACQUISITION

Patrick L. Von Behren and Jian-Feng Chen, assignors to Siemens
Medical Solutions USA, Incorporated
25 April 2006 (Class 600/443); filed 5 August 2003

Multiple overlapping volumes are registered and combined to form an
extended volume. The extended volume is larger than the volume that a
multidimensional or an oscillating array is capable of imaging without re-
positioning the probe. The registration is accomplished by sensing the trans-
ducer position associated with each of the different volumes. Overlapping
parts of the volumes are compounded and the extended volume is
displayed.—RCW

7,037,263

43.80.Vj COMPUTING SPATIAL DERIVATIVES FOR
MEDICAL DIAGNOSTIC IMAGING METHODS
AND SYSTEMS

Thilaka Sumanaweera et al., assignors to Siemens Medical
Solutions USA, Incorporated
2 May 2006 (Class 600/443); filed 20 August 2003

Spatial gradients are computed in various ways for use in volume
rendering three-dimensional images with shading or for use in other image
processing. The gradients are found in the coordinates of the scanned beam
or in the coordinates of the display. The methods permit use of the gradient
information in the coordinate system of the scan without prior scan
conversion.—RCW

7,037,264

43.80.Vj ULTRASONIC DIAGNOSTIC IMAGING
WITH STEERED IMAGE PLANE

McKee Dunn Poland, assignor to Koninklijke Philips Electronics
N.V.
2 May 2006 (Class 600/447); filed 30 May 2003

The beam from a two-dimensional array transducer is steered through
an acoustic window by adjusting parameters that allow the image plane to
be tilted in the elevation dimension, moved laterally, or rotated about the
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A 100
axis of the transducer to position the image plane so that a particular ana-
tomic region is effectively imaged for diagnosis.—RCW

7,037,265

43.80.Vj METHOD AND APPARATUS FOR TISSUE
HARMONIC IMAGING WITH NATURAL
(TISSUE) DECODED CODED EXCITATION

Xiaohui Hao et al., assignors to GE Medical Systems Global
Technology Company, LLC
2 May 2006 (Class 600/447); filed 6 October 2003

Coded pulses are transmitted with a time-bandwidth greater than one
and with a phase-inverted version of the coded pulses. Backscattered echoes
are received and filtered. Echo decoding is implemented through the propa-
gation of the specially designed wideband waveforms used in the method
and avoids costly decoding filters.—RCW

7,037,269
43.80.Vj ULTRASONIC IMAGINING CATHETERS

Elvin Nix et al., assignors to Volcano Corporation
2 May 2006 (Class 600/459); filed in the United Kingdom 20 July
2000

An ultrasound transducer array is mounted on the distal end of a cath-
eter using a special flexible coupling cable that is helically wound around
the catheter to enhance flexibility—RCW

7,037,271
43.80.Vj MEDICAL IMAGING DEVICE

Robert J. Crowley, assignor to Boston Scientific Corporation
2 May 2006 (Class 600/463); filed 27 May 2003

A disposable sheath contains a liquid and supports an elongated flex-
ible drive shaft carrying an ultrasound transducer and a trocar adapted to the
sheath. The trocar, which permits the device to be inserted where no natural
passage exists, is also adapted to maintain registration of the imaging device
while the imaging device rotates. An inflatable balloon may be included.—
RCW
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This Letters section is for publishing (a) brief acoustical research or applied acoustical reports, (b)
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series. Letters are peer-reviewed on the same basis as articles, but usually require less review time
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Comment on “Broadband matched-field processing: Coherent
and incoherent approaches” [Journal of the Acoustical

Society of America 113, 2587-2598 (2003)] (L)

Saralees Nadarajah®
University of Manchester, Manchester M13 9PL, UK

Samuel Kotz
George Washington University, Washington, D.C. 20052

(Received 5 May 2006; revised 29 June 2006; accepted 13 July 2006)

The recent paper by Soares and Jesus [J. Acoust. Soc. Am. 113, 2587-2598 (2003)] discussed the
probability density functions (pdfs) of the envelope and phase of signals for modeling in broadband
match-field processing. In this Comment, we provide an explicit expression for the pdf of phase
involving the standard normal distribution function. Several elementary approximations are also

suggested and references given.

© 2006 Acoustical Society of America. [DOI: 10.1121/1.2335274]

PACS number(s): 43.60.Cg [JIM]

The recent paper by Soares and Jesus (2003) considered
modeling of observed signals in broadband match-field pro-
cessing. Appendix A of the paper derived expressions for the
probability density functions (pdfs) of the envelope (R) and
phase (®) of the signals. The pdf of the phase (P) is given as
[see Eq. (A14) in the paper]

1
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for some parameters m,, m,, and o. Following this expres-
sion, the paper states “It is not possible to continue any fur-
ther knowing the difficulties to calculate the integral in the
second term. Available approximate expressions exist for
large (m,cos ¢p+mysin ¢)/ o but ....”

We would like to point out that Eq. (1) can be easily
computed and that elementary approximations applicable for
wide range of values of (m,cos ¢+mysin ¢)/ o are available.
First, note that Eq. (1) can be reexpressed in terms of the
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cumulative distribution function (2) of the standard normal
distribution. If W(-) denotes standard normal cdf
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then Eq. (1) can be reexpressed as
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The expression above is elementary except for the standard
normal cdf in Eq. (3). Numerical routines for the computa-
tion of W(-) are available in almost every statistical package,
e.g., GenStat, Minitab, R, SAS, S-Plus, SPSS. Even most
hand calculators have functions to compute W(-).

As far as approximations for W(-) are concerned, there
are many from which one can choose. Some of them are
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for —oo < x <<oo [due to Polya (1945)] with e=0.003 (where €
denotes the absolute error of the approximation);

1
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for —oo <x <o [due to Burr (1967)] with «=0.644 693, B
=0.161 984, ¢c=4.874, k=-6.158, and €=0.000 46;
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for —oo <x <o [due to Page (1977)] with y=a,x(1+a,x?),
a,=0.7988, a,=0.044 17, and €=0.00014;
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for 0<x<3.5 [due to Cadwell (1951)] with €=0.0007;
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for x>0 [due to Zelen and Severo (1964)] with t=1/(1
+0.33267x), a,=0.4361836, a,=-0.1201676, a;
=0.937 298, and €=0.000 01;
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for 5=x=10 [due to Schucany and Gray (1968)] with €
=0.000 005; and,
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1
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for x>0 [due to Carta (1975)] with a;=0.999 999 858 2,
a,=0.048 738 579 5, a3=0.021 098 110 45, ay
=0.003 372 948 927, as=-0.000 051 728 977 42, ag
=0.000 085 695 794 2, and €=0.000001 2. For a compre-
hensive account of the known approximations for Eq. (2),
the reader is referred to Chap. 13 of Johnson ef al. (1994)
and references therein.

The purpose of this correspondence is not to criticize the
paper by Soares and Jesus (2003). The overall contribution
of the paper is highly commendable. However, we feel the
references as well as the results mentioned above can help
the readers and authors of this journal in making better
choices with regard to similar problems.
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Acoustic attenuation provides the potential to identify and quantify gases in a mixture. We present
results for a prototype attenuation gas sensor for binary gas mixtures. Tests are performed in a
pressurized test cell between 0.2 and 32 atm to accommodate the main molecular relaxation
processes. Attenuation measurements using the 215-kHz sensor and a multiseparation,
multifrequency research system both generally match theoretical predictions for mixtures of CO,
and CH, with 2% air. As the pressure in the test cell increases, the standard deviation of sensor
measurements typically decreases as a result of the larger gas acoustic impedance. © 2006
Acoustical Society of America. [DOI: 10.1121/1.2336758]

PACS number(s): 43.35.Fj, 43.35.Yb [RR]

I. INTRODUCTION

The propagation of acoustic waves in gases is intimately
linked to gas composition, temperature, and pressure. This
may enable the use of acoustic waves as a quantitative probe
of the thermodynamic and molecular properties of gas mix-
tures. The classical sound attenuation arises by transport phe-
nomena (e.g., heat conduction, viscosity, and diffusion)
while the nonclassical absorption is due to thermal relaxation
involving the molecules’ vibrational and rotational levels. In
a gaseous medium, the molecules exchange energy via col-
lisions. In the absence of any external perturbations, the in-
ternal degrees of freedom of the gas molecules (e.g., vibra-
tion and rotation) are rapidly thermalized. As a result, the gas
is in thermal equilibrium at a constant temperature. When an
acoustic wave is launched in the gas, this equilibrium is bro-
ken: the internal degrees of freedom (DOF) activated by col-
lisions now have to relax to the acoustic temperature. Gen-
erally speaking, the wave energy expended to activate the
molecular internal degrees of freedom is not promptly re-
turned to the acoustic wave. This gives rise to a net absorp-
tion of acoustic energy—the nonclassical, or molecular ab-
sorption of sound. The sound absorption is largest when the
acoustic period is commensurate with the molecular relax-
ation time. It is this feature that makes acoustic studies of
molecular relaxation possible.

Over the years, many carefully thought-out experiments
have been designed for the accurate measurement of attenu-
ation and sound speed, only a few of which are mentioned
here.! ™ In his book, Lambert!! describes various acoustic
experimental techniques to measure molecular relaxation.

a)Currently at University of Louisiana at Lafayette, Department of Physics;
electronic mail: andi@louisiana.edu
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The experiments, coupled with a strong modeling effort,
have yielded insights into the physical mechanisms respon-
sible for molecular relaxation in various gas mixtures.

Typical acoustic gas monitors operate by tracking
changes in the adiabatic sound speed c¢ that are induced
largely by changes in the molecular weight according to the
ideal-gas formula c=\yRT/M, where y=Cp/Cy is the
isobaric-to-isochoric specific heat ratio, R=8.3144 J/mol/K
is the universal gas constant, T is the ambient temperature,
and M is the molecular weight of the gas. For some applica-
tions requiring a quantitative analysis of the monitored envi-
ronment, the speed of sound alone cannot provide sufficient
information. That is where measurements of the acoustic at-
tenuation come into play. As shown in our previous work,'?
precise measurements of sound speed and attenuation can
lead to (quasi) quantitative gas analysis via the identification
of the molecular symmetry properties, if not of the molecules
themselves. In the future, this could lead to the development
of rugged “smart” acoustic sensors capable of quantitatively
determining gas composition in various environments and
processes.

In this paper we report on the development of a proto-
type dual-path acoustic sensor assembly that measures the
acoustic attenuation in gas mixtures. From an experimental
standpoint, the main challenge is extracting the acoustic at-
tenuation from only two fixed-length sensing paths, as op-
posed to multiple-separation measurements where the sepa-
ration distance between the emitting and receiving
transducers is increased incrementally.9 To compare the two
cases, measurements are performed inside a pressurized test
cell for different gas mixtures. Since relaxation times vary
inversely with ambient pressure,13 decreasing the pressure p
is equivalent to increasing the frequency f and vice versa. By
changing the pressure in the test cell incrementally over al-
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most two orders of magnitude, we attained an f/p range that
is wide enough to cover the main molecular relaxation pro-
cesses of the gas mixtures.

Il. THEORETICAL MODEL

In the theoretical model,"*™'° we fit a shifted-exponential

function to the Lennard-Jones interaction potential17 to ob-
tain the transition probabilities between vibrational levels.
For gas mixtures containing at least one polyatomic (thus
relaxing) component, this is done for each energy exchange
process,14 whether interspecies or intraspecies. The fact that
there exists a time delay or phase shift between the acoustic
fluctuations and the exchange of energy from the internal to
the external DOF makes the specific heat per mole complex-
valued and frequency- dependent, i.e., it becomes an effec-
tive specific heat, C?,ff(f). The subscript V denotes isochoric
processes. Using the equations of linear acoustics coupled
with the equations for molecular relaxation, we have shown
that the propagation of sound in excitable gas mixtures is
ultimately characterized by the effective wave number,"*
/:(f)=27Tf\/p0p61C$,ff(f)[C$/ff(f)+R]_l, where p, and p, are
the equilibrium density and pressure of the gas. The real and

imaginary parts of the effective wave number k determine
the phase velocity ¢ and attenuation a=a,+«,, of the
acoustic wave,via
~ 2mf
f="70-
c(/f)
where the classical attenuation, ¢, results from viscous,
thermal, and diffusional losses, and the molecular attenu-
ation, «,,, results from relaxation processes. A good way
to emphasize relaxational effects on the acoustic attenua-
tion is by representing the normalized attenuation al,
where N is the acoustic wavelength, against the frequency-
to-pressure ratio. The presence of relaxing gases is mani-
fested by relaxational peaks in the normalized attenuation.
It is important to note that for certain gas mixtures and
for certain ambient conditions of temperature and pressure,
additional mechanisms such as chemical reactions'® and ther-
mal radiation'’ may become important and thus may need to
be accounted for in the modeling. We estimated theoretically
that the effect of infrared radiation on the relaxation times
and sound absorption is too small to be of any importance for
the gas compositions and ambient conditions encountered in
these experiments. Also, if present in the sensing volume,
water vapor could influence the molecular sound absorption
noticeably.zo’21 Nevertheless, dry gases were used in the ex-
periments presented here to avoid having any water vapor
present.

ia(f),

lll. APPARATUS

In order to (i) check the validity of the model and (ii)
establish experimental attenuation “references” for various
gas mixtures, we use a pressurized test cell connected to a
precision gas mixing system. For reference measurements in
the test cell, four transmitter-receiver (T/R) pairs of narrow-
band piezoelectric transducers operating at 92, 149, 215, and
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FIG. 1. Schematic diagram of the sensing geometry. The two sensing paths
(T1/R1 and T2/R2) lie in planes 2 cm apart. Flow is perpendicular to both
sensing paths.

1000 kHz are used. The transducers are mounted inside the
pressure chamber on a linear translation stage enabling 75
different T/R separations measured precisely to within
0.03 mm. For each pair, one transducer is fixed while the
other is incrementally displaced, thus changing the
transmitter-receiver separation length. The operating fre-
quencies are chosen such that, together with the attainable
pressure range (roughly 0.2-32 atm), they provide a
frequency-to-pressure ratio span that covers the primary re-
laxation processes for the gases of interest (methane, carbon
dioxide, ethylene, nitrogen, air). A detailed description of the
apparatus is given in Ref. 9.

The sensor assembly operates at a fixed frequency of
215 kHz. A diagram of the sensing geometry of the prototype
acoustic sensor is shown in Fig. 1. The hardware consists of
four ultrasonic piezoelectric transducers arranged on two
sensing paths inside a small rectangular chamber (approxi-
mately 70 mm X 43 mm X 69 mm) that allows the monitored
gas to flow through the sensing area. The two sensing paths,
T1/R1 and T2/R2 with separation lengths of 30 and 60 mm,
respectively, are staggered by 2 cm in the flow direction.
Two identical end plates provide the gas inlet and outlet
ports. A metal screen between the inlet and the sensing area
diffuses the flow. The transmitters (T1, T2) are energized
with square-wave pulse-trains of either five or ten cycles.
The ultrasonic bursts travel through the gas medium to the
receiving transducers (R1, R2) where they are converted to
electrical signals sent to the processing electronics.

IV. DATA ANALYSIS AND RESULTS

In order to remove any dc offsets and spurious high-
frequency components, a bandpass filter is applied to the
signals received on the two paths. To correct for diffraction
effects due to the finite size of the transmitter, the amplitude
A, of each received signal is multiplied by a correction
factor based on the far-field diffraction from a circular
source:”**

-1
A(x) = Ape(x) sin[ﬂ?f(\"x +R125—x)] , (1)

where x is the propagation distance and Ry is the emitter
radius.

For the multiple-separation measurements in the test
cell, 75 transmitter-receiver separations can be achieved us-
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FIG. 2. Amplitude of the received signal as a function of transmitter-
receiver (T/R) separation for a typical multiple-separation experiment inside
the test cell. The curve is a linear fit to the 75 amplitude values. The arrows
indicate the two sensing paths implemented in the sensor assembly.

ing a linear translation stage. However, the sensor prototype
relies on only two sensing paths, which makes the measure-
ments more challenging. Figure 2 shows the signal amplitude
(in volts) as a function of transmitter-receiver separation for
a typical multiple-separation experiment, along with the val-
ues for the two sensing paths implemented in the sensor
(arrows). A linear fit is sought for the logarithmic amplitude
versus separation length, whose slope yields the attenuation
coefficient .’ In the test cell, the linear fit is based on many
data points (typically 75 T/R separations), whereas the fit is
based on only two data points for the prototype sensor. It is
useful to note that the sound speed ¢ enters the normalized
attenuation (i) via the diffraction correction (1) and (ii) via
the wavelength N\=cf!. In the analysis of the sensor data, we
use the theoretical frequency-dependent phase velocity ob-
tained using the above-described model.

Figures 3 and 4 show multiple-separation, multifre-
quency measurements of the normalized attenuation in the
test cell, along with model predictions for N,-C,H, mixtures
and for air-CH, and air-CO, mixtures, respectively. There is
a good agreement between the experimental data and the

0.08 e
0.07 50%C,H, + 50%N,
0.06f
0.05
0.04f

<

® 0.03f
0.02
0.01f

0

L —

10° 10 Y

| JE I s
10° 10 10

/p (Hz/atm)

FIG. 3. Multiple-separation, multifrequency, test-cell measurements of the
normalized attenuation for mixtures of 50% and 20% ethylene in nitrogen
(symbols: [, 92 kHz; O, 149 kHz; A, 215 kHz; ¢, 1 MHz; filled for 50%
ethylene). Curves represent the model predictions.
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FIG. 4. Multiple-separation, four-frequency, test-cell measurements of the
normalized attenuation for mixtures of CO, and CH, with air (symbols: [J,
92 kHz; O, 149 kHz; A, 215 kHz; ¢, 1 MHz). Curves represent the model
predictions.

0.02———rt
10 10*

theory, especially in the region of vibrational relaxation as
indicated by the normalized attenuation peaks. The vibra-
tional modes considered in the model at room temperature
are, in units of cm™!:%

C,Hy: 826 (rock), 943 (wag), 949 (wag), 1023
(twist), 1236 (rock), 1342 (scissor), 1444
(scissor),
CO,: 667 (bend), 1337 (s-stretch), 2349 (a-stretch),
CH,: 1307, 1535,
N,: 2331.

In Fig. 3, as the ethylene concentration changes from
20% to 50%, the effective relaxation frequency shifts from
240 to 350 kHz/atm, corresponding to a decrease in the ef-
fective relaxation time from 0.66 to 0.45 us at 1 atm, since
T= (2’7Tf)_l.13 This is attributed to the higher relaxational
component of the 50-50 mixture, due largely to the ethylene
molecules. The key point here is that the theoretical model
predicts fairly well the measured attenuation, an important
result given the large number of significant vibrational
modes of ethylene. Prior to this, the model was only applied
to gases with one to three significant vibrational modes.’ The
molecular absorption of sound by the air-CO, mixture in Fig.
4 is visibly larger than that of the air-CH, mixture, owing
largely to the low-lying bending mode vibrational level of
CO,.

Comparisons of the sensor dual-path data against the
multiple-separation measurements are obtained by placing
the sensor assembly inside the test cell and varying the pres-
sure over the same range as in the multiple-separation mea-
surements (0.2—32 atm). This allows precise control of the
gas composition and permits testing the sensor over a wide
range of f/p (including the main relaxation processes) even
though the sensor operates at a single frequency. As shown in
Fig. 5, the sensor is able to capture the major relaxational
features for both gas mixtures. The sensor measurements
match the theory quite well for the CH,-air mixture demon-
strating the ability of the dual-path arrangement to measure
the attenuation nearly as well as the multiple-separation
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FIG. 5. Measurements with the dual-path sensor assembly at 215 kHz taken
inside the test-cell over a pressure range of 0.2—32 atm (error bars represent
the standard deviation over four to five tests). Curves represent the model
predictions.

“laboratory” setup. The CO,-air data are consistent with the
model only in the high-pressure (small f/p) range. The de-
parture from model predictions for the CO,-air data at high
values of f/p may stem from a number of causes. First,
low-pressure measurements are challenging especially if
CO, is present due to the high attenuation coefficient of CO,
coupled with the large gas-transducer acoustic impedance
mismatch, affecting both acoustic generation and detection.
Second, any foreign molecules present in the test-cell (e.g.,
from small oil leaks from the vacuum pump) may induce
multiple molecular relaxation pathways leading to possible
broadening of the @\ curve. These issues are probably also
responsible for the generally larger standard deviations at
low pressures. Ambient temperature fluctuations can also af-
fect measurements primarily via their effect on the sound
speed in the medium. However, the ambient temperature var-
ied by less than 1% during the tests so the errors introduced
by temperature resulted in errors smaller than symbol sizes
in Fig. 5.

V. CONCLUSIONS

We show here the basic concept for a simple dual-path
acoustic gas sensor for measuring acoustic attenuation in gas
mixtures. For a clear picture, we compare attenuation mea-
surements between the dual-path, single-frequency sensor
and a multiseparation, multifrequency research system for
the same gas mixtures. The sensor works well, but there are
limitations inherent to using only two sensing paths to obtain
the attenuation coefficient, especially in the presence of a
lossy gas-like CO,. To obtain reliable quantitative real-time
sensing devices, efforts must be made in the future on sev-
eral fronts. In the processing electronics, filtering must be
implemented in the electronics module instead of the post-
processing filtering use in this analysis. Additionally, sound
speed must also be measured accurately for quantitative
acoustic gas sensing. For accurate time-of-flight measure-
ments, tight thermal stability must be enforced in the sensing
volume.'? Future “smart” sensors will need to be “taught”
how to interpret the acquired data based on preprogrammed
physics concepts. Using sound speed and attenuation data
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streams, the sensor could ultimately be able to make infer-
ences about the nature of the sensed gases based on a refined
theoretical model. This constitutes a complex task, given that
this is an inverse problem: it is much easier to determine
sound speed and attenuation from the gas composition than
vice versa. Nevertheless, combining sound speed and attenu-
ation measurement in a simple sensor offers the potential to
identify and quantify the gases making up a multicomponent
mixture.
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The authors have recently demonstrated how the stochastic volatility model incorporating the
exponential power distribution can be used to retrieve the instant of initiation of an exponentially
decaying pulse and its decay constants in the presence of background noises. In the present study,
the Student-¢ distribution, which can be expressed in a two-stage scale mixtures representation, is
adopted in the stochastic volatility model. It is found that the corresponding performance is
comparable to that for the case of the exponential power distribution when the signal-to-noise ratio
is larger than or equal to 3 dB. The performance deteriorates quickly when the signal-to-noise ratio
drops below 0 dB. © 2006 Acoustical Society of America. [DOL: 10.1121/1.2266455]

PACS number(s): 43.60.Uv, 43.60.Jn, 43.60.Cg, 43.60.Wy [EJS]

l. INTRODUCTION

Pulses and their decays are important in the studies of
acoustics and building services engineering. In a diffused
system, such decay is an exponential function of time and the
rate of the decay, which is commonly described by the decay
constant, contains information on the system damping and
thus pulse decay analysis has attracted great attention in the
past few decades (for instance, Heckl' and Tangz).

The recent study of the authors® illustrates that the sto-
chastic volatility (SV) model incorporating the exponential
power distribution (EP) is able to retrieve the instant of the
pulse initiation and the decay constant within engineering
tolerance even when the background noise level is compa-
rable to that of the pulse. Its performance is much better than
that of the conventional short-time Fourier transform when
there is a small fluctuation in the frequency of the decaying
pulse. Details on the properties of the EP distribution and its
application in the Bayesian analysis can be found, for in-
stance, in Choy and Walker."

The Student-¢ distribution is a conventional distribution
form and has been used in many applications (for instance,
Lange et al.,” and Chan’). It can be expressed in a two-stage
scale mixtures representation and can in principle be an al-
ternative to the EP distribution.® In the present study, the
performance of the SV model incorporating the Student-¢
distribution in analyzing decaying pulses is investigated. The
results supplement those of the previous study of the
authors.

Il. TWO-STAGE SCALE MIXTURES REPRESENTATION

A standard random variable X having the normal scale
mixtures representation can be expressed in the form of X
=Z X \ where Z is the standard normal random variate and A

YAuthor to whom correspondence should be addressed. Electronic mail:
besktang @polyu.edu.hk
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is a positive random variate known as the mixing variable
having a probability density function g, which can be either
continuous or discrete.

Let € and o be the location and scale parameter of a
scale mixture distribution, respectively. The probability den-
sity function of X takes the mixture form

flx) = f N(x|6,x0?)g(N\)dN, (1)
m+

where N(:|-) denotes the normal density defined on PR*
=(0, ). In the Bayesian framework, the mixture density in
Eq. (1) can be expressed into a two-stage hierarchy of the
form

X|6,0%,\ ~ N(6,\0?),

A~ g(\). (2)

The Student-z distribution with degrees of freedom a corre-
sponds to an inverse gamma mixing distribution

N~ g(\) = Gi(0.50,0.5a), (3)

where Gj,,(a,b) is the inverse gamma distribution with
density (¢>0 and b>0)

g(\) =% "\ DT (a). (4)

To facilitate an efficient computation for the SV models,
use is made of the class of scale mixtures of uniform repre-
sentation for the normal density. Since X is a normal random
variable with mean 6 and variance o2, its density function
can be rewritten into

b+o\u 1
6,07%) = =G(u/1.5,0.5)du, (5)

b-o\u 20U

N(x

where G(u|a,b) is the gamma density function with param-
eter a and b.* The Student-r distribution with a degree of
freedom « can be expressed into the following hierarchy:
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TABLE I. Full conditionals in the Gibbs sampling.

Conditional Remarks Distribution
h,>1Iny?=21n BIn \,~Inu,,
hy|h_y, N, it,0%, $,5~N(a,,b,0) By~ 0507 o Truncated
normal
¢(ht—1 + hr+1) - 0~50'2
a=)———H—— 2=r=n=1
1+ ¢
dh,_, —0.507 t=n
b 1 t=1,n
Pl b5 T+ 2=r=n-1
SN UL DLy
" N.A. Inverse
n 1 amma
~Ginv<arr+z’b(r+£|:(1_¢2)h%+2 (ht_¢ht—l)2]) &
=2
w1 ) Truncated
MNAN_. 0T, 025 ~ Ginv(a—,g) A > 2)’ inverse
2 72 B°Hu, gamma
| N, 0%, 5~ exp(0.5) > Truncated
u, > i exponential
BPH\,
B\ i, 07,5
R | =1 Product of
normal and
g u-ihy shifted beta
~N| A 5 | g - g
AN
=2 =2
—
X|6,0% N, u ~ U(6— o\ \u, 0+ (T\/E) hlh_i, ¢,0* ~ N(ph,_,07), 9)

A~ Gip(0.50,0.50), and u~ G(1.5,0.5), (6)

where U(a,b) is a uniform distribution defined on the inter-
val (a,b).

lll. BAYESIAN STUDENT-T SV MODEL AND GIBBS
SAMPLING

Let H, and &, be the volatilities, and log-volatilities, re-
spectively. In the SV model, the signal data, y, (where ¢
=1,2,...,n), is defined as

am/N1 = ¢* t=1
dh,_ + o, t>1"

where {g,} and {7,} are independent standard Gaussian pro-
cesses. [ is a constant representing the model instantaneous
volatility, o the variance of the log volatilities, and ¢ e (
—1,1) the persistence of the volatility.

In the present study, the signal data set is modeled by a
Student-¢ distribution while the log volatility is assumed to
follow a normal distribution

yt|ht -~ ta(o’ ﬁth) (8)

yt=:3\’/l7t8t and ht={ (7)

and
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while the marginal distribution is h,| ¢,0’2~N[0,02/ (1
-¢7)].

To complete the Bayesian framework, the shifted beta
and inverse gamma distributions are assigned to be the inde-
pendent priors for ¢ and o2, respectively

¢ ~2Be(ayby) -1 and o ~ Gila,.b,). (10)
The SV model can then be rewritten hierarchically as

Vb, ~ U= BH N4, gH\2u!?)  and

ht|ht—1’¢’02~N(¢ht—1502) (11)

with \,~ G, (0.52,0.50),u,~ G(1.5,0.5), p~2Be(ay,b,)
-1, and 0>~ G,,,(a,,b,). It is implemented using the Gibbs

sampling  approach ~ with  the  variables y=(y,,
..,yn), h:(hl""’hn)’ )\:()\_l,...,)\n), IZ:(MI,...,M”), h—t
=(h1’""ht—l’hl+l7""hn)’ )\—t=()\l’"")\t—17)\t+l""’)\n)’
and u_,=(Uy, oo Uy Upys e e s Uy).

With arbitrarily chosen starting values for A,\,if, o2,
and ¢, the Gibbs sampler iteratively sample random variates
from a system of full conditional distributions and the result-
ing simulations are used to mimic a random sample from the
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u/d

0.0 0.5 1.0 15 20 25 3.0 3.5 4.0 4.5 5.0
Time z(s)

FIG. 1. Time variations of the mixing parameters for S/N=10 dB and «
=30. (a) u; (b) \; (c) u/\; (d) h.

targeted joint posterior distribution. The system of full con-
ditionals is given in Table I. In the present study, /3 is fixed at
unity.

IV. NUMERICAL EXAMPLES

The artificial signals in Chan et al.’ are adopted again in
the present study. They consist of an exponentially decaying
harmonic wave s and Gaussian white noises v of various
levels

y(7) = e " eos[2mf(r— 7,)JH(T— 7,) + U1,  (12)

where H denotes the Heavside step function, f the frequency
of the wave, 7 the decay constant, 7, the instant of pulse
initiation, and 7 the time in second. The signal-to-noise ratio
(S/N) in decibels is defined as

S/N = 101080/ x| Vi) - (13)

Without loss of generality, # is fixed at 2 and f is normally
set at 50 Hz in the present study.

The parameter « in the SV model determines the shapes
of the Student-¢ distributions and thus has a significant im-
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(b)

0.0 0.5 1.0 1.5 2.0 2.5 3.0 35 40 45 5.0
Time 7 (s)

FIG. 2. Time variations of the mixing parameters for S/N=-3 dB and «
=30. (a) u; (b) \; (¢c) u/\; (d) h.

pact on the modeling of the decaying signal by the SV
model. However, since the shape of the Student-¢ distribution
does not vary much for a>30 and the computation with
large « is in general impractical as it is very demanding on
computing resources, the largest « included in the present
investigation is 30. The incorporation of the Student-z distri-
bution into the SV model gives rise to two mixing param-
eters, namely, # and A\, and a log-volatility 4 as shown in the
previous section. The two mixing parameters illustrate fluc-
tuation while the latter follows the envelope of the signal
magnitude.

Figure 1 illustrates the time variations of u,\,u/\, and
h for S/N=10 dB and @=30. One can observe that the varia-
tion patterns of u and N are opposite. The initiation of the
pulse results in a prominent upward and downward spike in
u and N, respectively. The parameter u/N shows a more
prominent spike at the instant of pulse initiation. The present
u is basically the same as those obtained using the EP distri-
bution with a kurtosis of 0.75.> The variation pattern of & is
also very close to that shown in Chan et al.® Further increas-
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TABLE II. Estimated 7, and 7.

S/N (dB) 7, (s) 7(s™")
+00 1.000(1.000) 1.95(2.00)
10 1.000(1.000) 2.30 (2.05)
3 1.000(1.000) 2.20(2.16)
0 1.010(1.001) 2.60 (2.42)
-3 1.022(1.002) —(2.36)

“Numbers in parenthesis are those obtained with the EP distribution (Ref. 3).

ing a may result in a slightly better performance, but the
very computer resources demanding calculation makes it im-
practical.

The performance of the SV model deteriorates when the
background noise level increases. For S/N=-3 dB with «
=30,u,\, and u/\ are unable to indicate without ambiguity
the instant of the pulse initiation [Figs. 2(a) to 2(c)]. The
log-volatility # does not even suggest the presence of a de-
caying pulse [Fig. 2(d)]. However, the pulse initiation and its
eventual decay are still observable with the EP distribution at
this signal-to-noise ratio level.?

Results for a<<30 are not presented as they are all worse
than those shown in Figs. 1 and 2. Table II summarizes the
performance of the present SV model and has it compared
with that of the previous study of the authors.” One can find
that the use of the EP distribution in the SV model results in
a better analysis when the S/N drops below 3 dB. The some-
what worse performance of the Student-¢ distribution overall
may be due to the relatively longer tail of the Student-7 dis-
tribution compared to those of the EP family with small kur-
tosis even when the degree of freedom is large.
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V. CONCLUSIONS

A stochastic volatility model which incorporates the
Student-¢ distribution is used in the present study to retrieve
the instant of initiation and the decay constant of an expo-
nentially decaying signal in the presence of random back-
ground noises. It is found that the performance of the
Student-¢ distribution is comparable to that of the EP distri-
bution for a signal-to-noise ratio higher than or equal to
3 dB. It deteriorates quickly when this ratio falls below
0 dB.
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Auditory masking: Need for improved conceptual structure (L)¥
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Even in simpler times, some people (e.g., Tanner) found it useful to ask “What is masking?”
Independent of the extent to which this question was adequately answered even in those times, it is
clear that the current expanded interest in central auditory processing has raised this question anew.
In this note, comments are made about masking-related issues that illustrate the kinds of questions
that need to be considered in attempting to develop a conceptual structure that can be effectively
used to define, classify, study, and model auditory masking. © 2006 Acoustical Society of America.

[DOL: 10.1121/1.2335426]
PACS number(s): 43.66.Ba, 43.66.Dc [RAL]

Masking has long been of interest to auditory scientists.
Recently, both activity level and range of topics in this area
has increased to such an extent that the area appears to be in
total disarray. Not only is there no overarching conceptual
structure available to organize the area and provide it with
scientific elegance, but there are few definitions that evi-
dence even a modest degree of scientific stability (varying
across both individuals and time). The material in this Letter
in no way solves these problems; it is aimed merely at stimu-
lating discussion that can help reduce them.'

In general, masking can be said to occur whenever the
reception of a specified set of acoustic stimuli (“targets”) is
degraded by the presence of other stimuli (“maskers”). In
this letter, attention is focused on behavioral (rather than
physiological) aspects of masking and the magnitude of the
masking is assumed to be measured by the elevation in
threshold caused by the presence of the masker in the given
behavioral (psychoacoustic) task.

Consistent with the effort to build a solid knowledge
base, much past research on masking has made use of simple
stimuli and tasks, and has been concerned with interactions
between target and masker that occur in the auditory periph-
ery (i.e., on peripheral masking). When central processing
has been considered, rather than examining phenomena re-
lated to interference between target and masker in central
portions of the system (i.e., central masking), attention has
often been focused on how central processing reduces the
effects of peripheral masking (i.e., central unmasking). This
trend is evident, for example, in work on binaural unmasking
(Durlach and Colburn, 1978; Gilkey and Anderson, 1997)
and comodulation release from masking (Hall er al., 1995;
Verhey et al., 2003). Although there have been important
exceptions to this focus on peripheral masking and central
unmasking (Carhart et al., 1969; Pollack, 1975; Watson et
al., 1976; Relkin and Turner, 1988), the main thrust appears
to the writer as just described.

Y Alternate subtitles include (a) Stroll through the conceptual woods: (b)
Stirring the conceptual waters; (c) Conceptual problems by the ton; (d)
Egads, what a mess!, and (e) Help!

Y Electronic mail: durlach@mit.edu
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Recently, however, attention to central masking has sub-
stantially increased. Presumably, this is due in part to an
increased emphasis on central processing in general (driven
by increased knowledge about peripheral processing and the
desire to “work one’s way up the system,” as well as by
major advances in brain imaging techniques). A further fac-
tor is the increased concern with realistic acoustic
environments/tasks and “everyday problems” (reverberation,
multiple maskers, etc.). Finally, of course, is the increased
interest in cognitive “top-down” processing and auditory
scene analysis, grouping, segregation, object formation, and
auditory attention (Bregman, 1990; Ellis, 1999; Cooke and
Ellis, 2001). In the following sections, the need for increased
conceptual clarity is illustrated by considering some elemen-
tary nomenclature problems, informational versus energetic
masking, and additivity of masking.

Il. ELEMENTARY NOMENCLATURE PROBLEMS

The above definition of masking covers many phenom-
ena. Some investigators would use another term (e.g., “inter-
ference”) at this general level and reserve the term “mask-
ing” for situations that are more constrained. One constraint
sometimes applied relates to the paradigm used to make the
measurements. Thus, for example, masking appears more
closely coupled to detection than to discrimination or recog-
nition. Another constraint relates to beliefs about the level of
processing being probed; the term “masking’ is more likely
to be used when it is thought that the experiments shed more
light on peripheral than on central processing.

That such considerations cannot by themselves provide
adequate guidance for a logical definitional structure, how-
ever, is suggested by noting the difficulties involved in the
apparently simple task of distinguishing between detection
and discrimination. It is obvious that any masked detection
experiment can be thought of as a discrimination experiment
(e.g., see Tanner, 1958); the task of detecting a target 7(¢) in
the presence of a masker M(r) is identical to the task of
discriminating between M(r) and M(r)+T(z). Tt is less obvi-
ous, but equally true, that any discrimination experiment can
be thought of as a masking experiment; discriminating be-
tween signals A(f) and B(r) is identical to the task of detect-
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ing the target T(r)=B(r)—A(r) in the presence of the masker
M(r)=A(r). Such ambivalence in nomenclature is clearly evi-
dent in the area of intensity resolution as well as detection.
Although less evident, the same problem exists in frequency
resolution; discriminating between tones of frequency f and
f+Af is identical to detecting a target signal consisting of the
difference between the two tone waveforms in the presence
of a masker consisting of one of these waveforms. One ap-
proach to solving this nomenclature problem involves apply-
ing constraints to the relationship between M(¢) and T(z)
when the experiment is expressed as a detection experiment.

Note finally that the nomenclature problem becomes even
larger when recognition (or equivalently, identification) is
included. Just as “detection” and “discrimination are inter-
changeable, both of these terms are interchangeable with
“recognition” when only two stimuli are involved.

A further general area in which basic nomenclature is-
sues occur relates to the kind of disturbance suffered by the
signal. In particular, consider the relationship between mask-
ing and distortion. Making use of frequency-domain repre-
sentations, and restricting attention to distortions that are lin-
ear filters (e.g., the distortion caused by reverberation), one
can contrast the disturbance of a target T(w) caused by a
masker M(w) to the disturbance caused by a distortion D(w)
as follows:

Masking T(w) — T(w) + M(w)

Distortion T(w) — T(w)D(w).

Note, however, that the distortion case can also be written
T(w)— T(w)+T(w)[D(w)—1], which transforms it into a
masking case with M(w)=T(w)[D(w)—1]. Again, as in the
attempt to distinguish between detection and discrimination,
the key to distinguishing between masking and distortion
appears to lie in the relationship between target and masker
when the experiment is viewed as a masking experiment.
Exactly how such relationships can be most usefully catego-
rized and named, however, remains unclear.

Il. INFORMATIONAL MASKING (IM) VERSUS
ENERGETIC MASKING (EM)

A major contributor to the increased activity in masking,
as well as the increased chaos, is informational masking
(IM). (Important IM research has been done by Watson,
Neff, Lutfi, Kidd, Brungart, Richards, Wright, Freyman, and
Shinn-Cunningham, as well as their associates—see refer-
ences in Lutfi et al., 2003; Brungart et al., 2005; Watson,
2005; Durlach er al., 2005; Kidd et al., 2006). Although ef-
forts have been made to clarify definitional issues (Durlach
et al., 2003a; Watson, 2005), these issues are far from
settled. Most investigators use “energetic masking” (EM) to
refer to masking that occurs due to “overlap between target
and masker at the periphery” and “informational masking”
(IM) to refer to non-energetic masking.

Even if one defines IM as all masking that is not ener-
getic (thus roughly equating EM-versus-IM with peripheral-
versus-central), there remains the problem of specifying what
is meant by “periphery” and “overlap.” In Durlach et al.
(2003a), it is noted that (1) although the periphery is usually
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identified with the auditory nerve, for some purposes identi-
fication with a higher site might be useful; and (2) at any site,
“overlap” can be defined and measured by the extent to
which the ideal processor operating at that site evidences
poor performance. According to this definitional structure,
what appears as IM at one level can appear as EM at a higher
level (via overlap between target and masker in some more
central channel), and that all masking is EM if examined at a
sufficiently high level. >

Apart from issues related to the definition of EM, are
issues concerned with what kinds of EM should be called IM
(where EM denotes all masking that is not EM) and what the
causes of such masking might be. The association of IM with
the effects of stimulus uncertainty not only has a long his-
tory, but also forms the basis of most of the theoretical work
on IM (Lutfi, 1993; Oh and Lutfi, 1998; Richards and Neff,
2004). However, it is obvious that there are factgs other than
uncertainty that influence the amount of EM observed.
Prominent among these is target-masker “similarity”
(Durlach et al., 2003b; Watson, 2005). Among the difficulties
here are the many dimensions along which target and masker
can be similar, the lack of a generally applicable quantitative
measure of similarity, and the lack of any model that takes
account of both similarity and uncertainty (which is capable
of predicting contours of constant EM in uncertainty-
similarity space). Furthermore, there are undoubtedly factors
beyond uncertainty and similarity that need to be considered
in the EM domain. In general, EM occurs because the lis-
tener has difficulty segregating target and masker, identifying
target and masker, and attending to the target (or disattending
to the masker). As has already been demonstrated in auditory
scene analysis, there are many factors that play important
roles in EM.

Beyond difficulties associated with definitions and rela-
tions among various concepts in the EM domain, there cur-
rently exist many experimental results in this area that are
quite startling. For example, in Kidd er al. (2005), a monau-
rally presented speech target processed to have energy only
in a set of narrow frequency bands was partially masked by
an independent ipsilateral speech masker processed to have
energy only in a disjoint complementary set of frequency
bands (so that EM was minimal). It was then shown that the
speech-target intelligibility could be increased by adding an
ipsilateral noise masker processed to have energy only in the
same set of bands as the speech masker (so that the speech
masker, but not the speech target, was energetically masked
by the noise masker). It was then further shown, surprisingly,
that additional improvement in the speech target intelligibil-
ity could be achieved by switching the noise masker to the
contralateral ear (a change that reduced the EM of the speech
masker by the noise masker). In a second example (Durlach
et al., 2005), concerned with yes-no one-interval detection of
a target tone in a simultaneous random broadband multitone
masker (constrained to have minimal energy around the tar-
get frequency), it was found that the elevation in threshold
(measured in terms of the sensitivity index d’) associated
with the uncertainty of the masker spectrum (i.e., the IM)
was explainable (for different listeners) in terms of either (1)
the listener opening up the acceptance filter to extend way
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beyond the normal critical band or (2) the tails of the mask-
ing spectra “leaking through” the critical band. However, the
response bias 8 measured in case (2) was exactly opposite to
that which one would expect in this case. Thus, the results
were surprising not only in that the d’ values obtained with
the nominal IM situation could be explained for both cases
(1) and (2) in terms of peripheral processing (although cen-
tral processing obviously played a role in how the peripheral-
processing resources were exploited), but also in that the 8
values obtained in case (2) were the negative of those ex-
pected. Again, as with the previous example, we do not even
know how to talk about these results in a consistent and
meaningful manner.

lll. ADDITIVITY OF MASKING

Another major topic in masking that evidences concep-
tual problems is that of masking additivity. (Research on this
topic has been done by Penner, Humes, Jesteadt, Lutfi,
Moore, Neff, Green, Bilger, and Oxenham, as well as their
associates—see references in Lutfi, 1985; Neff and Jesteadt,
1996; Oxenham and Moore, 1995). One complicating factor
is that addition-of-masking effects can arise in connection
with (1) the addition of different masking signals or (2) the
addition of different masking effects (e.g., arising from ener-
getic and informational masking) of a single masking signal.4

Futhermore, even when attention is restricted entirely to
the former case, the situation is unclear. In particular, there is
no general theory available for specifying how m(M,
+M,,T) is related to m(M,,T), and m(M,,T), where m de-
notes the amount of masking, M, and M, two masking sig-
nals, and 7 a target signal. Although there exist cases that
satisfy the simple additivity rule m(M+M,,T)=m(M,T)
+m(M,,T), there are many more cases that do not.

Cases in which m(M+M,,T)>>m(M,,T)+m(M,,T),
often referred to as “excess masking,” occur in a variety of
situations. Even ignoring details of peripheral processing,
one is led to excess masking by the multiprocessing notion
of Green (1967); by the multimasker-penalty notion associ-
ated with listener Min behavior as described in Durlach et al.
(2003a); and by the simple observation that excess masking
will hold whenever T can be represented as the sum of two
components T=T;+7; with M; chosen to be an effective
masker of 7; but not of 7; (i=1,2;/=1,2;i+ j). Most re-
search concerned with excess masking, however, has been
focused on compressive nonlinearities and off-frequency lis-
tening. This research is concerned mainly with peripheral
masking and encompasses both simultaneous masking and
forward and backward masking. The model that appears
most successful here is the modified power-law model stud-
ied by Humes and collaborators (Humes and Jesteadt, 1989).
This model not only exploits the idea of nonlinear transfor-
mations in the periphery, but also considers the existence
(and compression) of peripheral internal noise, interactions
between different maskers, and non-energetic masking.

Cases in which m(M+M,,T)<m(M,T)+m(M,,T)
can occur when the maskers M, and M, not only mask 7, but
also each other. To the extent that M masks M,, the masking
of T by M, is reduced; and to the extent that M, masks M,
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the masking of T by M, is reduced. In such circumstances,
which are likely to arise whenever M| and M, are not widely
separated in frequency and/or time, computation of m(M
+M,,T) can become complex because of the iterative nature
of the interaction. A simple example of this inequality can
occur when the two maskers consist of tones close enough in
frequency to cause perceptual beats. More complex examples
can occur in the areas of IM and binaural interaction (Kidd et
al., (2005); Durlach and Colburn, 1978; Freyman et al.,
1999; Brungart et al., 2005).

Beyond the violations of additivity cited above, there is
a fundamental issue concerning the possibility that masking
may not even be able to satisfy a generalized combination
law of the type m(M;+M,,T)=Flm(M,;,T),m(M,,T)],
where F is any function of two variables and m is any well-
defined measure of masking effectiveness. A simple observa-
tion that suggests the inadequacy of even this general rela-
tionship is the following. Let T be any target and M any
masker; let M; be any signal whatsoever and define M,
=M-M,. To the extent that the above law can be realized,
the quantity F{m(M,,T),m(M,,T)] must be equal to the con-
stant m(M,T) for any signal M,. In other words, no matter
how a masker M is subdivided into two component maskers
M, and M—M,, the quantity F[m(M,,T),m(M-M,,T)]
must remain invariant.

IV. CONCLUDING REMARKS

Sections I-III contain a sampling of issues related to
auditory masking that illustrate some of the conceptual chaos
in this area. Reducing this chaos will require the develop-
ment of a coherent conceptual scheme for differentiating,
classifying, and labeling various kinds of masking that is
capable of transforming the current collection of masking
configurations and results (i.e., the current masking “bes-
tiary”) into a hierarchical lattice that encompasses meaning-
ful relationships among the entries in the lattice. Presumably,
the key dimensions of this lattice will be those describing
constraints on the relationship between M(¢) and T(z), as well
as those describing how the auditory system responds to the
various types of masking configurations.

Although the distinction between EM and IM masking
constitutes a beginning step in this direction, as currently
constituted it is a very crude one. At the moment, many of us
are just lazily dumping all masking that cannot be explained
by “overlap at the periphery” into an undifferentiated “infor-
mational masking” basket. Notions related to uncertainty,
similarity, attention, memory, etc., which are sometimes in-
troduced in connection with such maskers, are obviously rel-
evant to this classification problem, but they have not yet
been adequately described in the masking context.

These same kinds of problems are also evident when one
considers the results of combining different maskers. Al-
though significant progress on developing models for addi-
tivity of masking was made a number of years ago for a
relatively restricted set of masking configurations, there has
been little recent follow through in this area. In addition to
the problems recognized at the time of these developments,
the growing concern with central masking has added a whole
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new set of problems. In the author’s opinion, an adequate
model of additivity will now require an explicit partitioning
of masking configuration into well-defined subsets and the
assignment of a different combination rule for each subset.
This area appears particularly complicated because specifi-
cation of the masking configuration in this area includes
specification of not only the relationship between the target
and each masker, but also the relationship among the various
maskers. Obviously, it would be helpful if large coverage
could be obtained with relatively few combination rules and
the associated classification schemes were relatively consis-
tent with the classification schemes constructed in connec-
tion with theory development for the single-masker case.

Finally, although the masking area currently appears to
be in chaos, it is not clear how this chaos can best be re-
duced. Although certain of the above comments may hint at
paths to be explored, none really examines these paths nor
provides an overview of what paths should be considered.
Even if one decided that the term “masking” should be used
only in connection with detection/peripheral processing and
a term such as “interference” used for the general case (a
stance already assumed by some auditory scientists), most of
the problems mentioned above would remain.
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'"The author’s disparaging remarks about the state of masking should not
obscure the high regard the author has for the excellent past research in this
area; it is precisely this high regard, combined with the major challenges
now evident, that has motivated this letter.

“Note, however, that comparison of M(t) and T(¢) for definitional purposes
is distinct from comparison for performance-prediction purposes; in the
latter case, it is the comparison of M(r) with M(¢)+7T(z) that counts. The
extent to which auditory scientists tend to ignore this distinction is quite
remarkable [see, for example, how some people, including the author, were
misled into thinking that binaural unmasking could be understood by com-
paring the lateralization of M(t) alone to that of T(z) alone].

*Inasmuch as actual application of this definitional structure requires the
acquisition and modeling of data on neural firing patterns, as well as com-
plex mathematical analyses, the near-term value of this definitional struc-
ture appears more theoretical than practical.

“Furthermore, in the latter case, the extent to which it is possible to decom-
pose the single masking signal into different masking signals corresponding
to the different masking effects has not yet been determined.
3A second argument against the feasibility of such a law posits that M, and
M, are identical except for an intermasker phase shift @. As @ varies from
7 to 0, M+ M, varies from O to 2M,, m(M+M,,T) varies from m(0,T)
to m(2M,,T), and (for many conditions) m(M,,T) and m(M,,T) remain
constant. In other words, fixed values of m(M,T) and m(M,,T) can lead to
different values of m(M,+M,,T), thus implying that F is not even a well-
defined function.
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This letter describes a data acquisition setup for recording, and processing, running speech from a
person in a magnetic resonance imaging (MRI) scanner. The main focus is on ensuring
synchronicity between image and audio acquisition, and in obtaining good signal to noise ratio to
facilitate further speech analysis and modeling. A field-programmable gate array based hardware
design for synchronizing the scanner image acquisition to other external data such as audio is
described. The audio setup itself features two fiber optical microphones and a noise-canceling filter.
Two noise cancellation methods are described including a novel approach using a pulse sequence
specific model of the gradient noise of the MRI scanner. The setup is useful for scientific speech
production studies. Sample results of speech and singing data acquired and processed using the

proposed method are given. © 2006 Acoustical Society of America. [DOI: 10.1121/1.2335423]

PACS number(s): 43.70.Jt [BHS]

INTRODUCTION

In recent years, magnetic resonance imaging has become
a viable tool for investigating speech production. Techno-
logical advances have enabled studying the structure of the
vocal tract, and its dynamical shaping, during speech produc-
tion. For example, tongue deformation characteristics have
been studied with a cine-magnetic resonance imaging (MRI)
techniquel and a real-time magnetic resonance (MR) imag-
ing technique described in Ref. 2 has been successfully used
to capture the changing midsagittal shape of the vocal tract
during speech production. One methodological challenge,
however, is in synchronizing the acquisition of an audio sig-
nal with the collection of time-varying vocal tract images,
which is important for any subsequent analysis and modeling
of the acoustic-articulatory relation. In Ref. 1 the audio sig-
nal was recorded in a separate procedure after the MR im-
ages were collected so that synchronicity of the signals and
images could be only approximately achieved through exten-
sive training of the subject and with a restriction to few ut-
terances.

There have been few studies where MR images and au-
dio signals were obtained simultaneously. The problem is
posed by the high intensity gradient noise caused by the
scanner, which is in the audible frequency range. This de-
grades the audio signal such that acoustic analysis of the
speech content is difficult, if not impossible. Previous studies
such as Ref. 3 have addressed this problem using a
correlation-subtraction method, where one captures the noise
signal separately and relies on its stationarity. This method
does not, however, account for nonstationary noise sources
such as body movement of the subject or vibration of the
cooling pump.

There are commercially available noise mitigation solu-
tions that have been used in some MRI studies, such as the
one by Phone-OR*® which provides an integrated MR-
compatible fiber-optical microphone system that allows both
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real-time and offline noise cancellation. This proprietary sys-
tem is described to use a special microphone assembly which
houses two transducers, one to capture the speech signal and
one to capture only the ambient noise. The two microphones
are mounted in close proximity but their directional charac-
teristics are at a 90 deg angle so that one (main) microphone
is oriented towards the mouth of the subject to capture the
speech signal and the other (reference) microphone is ori-
ented such that it rejects the speech signal and captures only
the ambient noise. In our own experiments with this system,
however, the reference signal contained a strong speech sig-
nal component and the subsequent noise cancellation proce-
dure would remove the desired speech signal in addition to
the noise to an extent that was undesirable for further analy-
sis of the signal!

The purpose of this letter is to describe the development
of an alternative system in which a separate fiber optical
microphone was located away from the subject and outside
the magnet, but inside the scanner room, in a place where it
captures almost exclusively the ambient noise and not the
subject’s speech. This system captures the audio and the MR
images simultaneously and ensures absolute synchronicity
for spontaneous speech and other vocal productions includ-
ing singing.

SYSTEM LEVEL DESCRIPTION OF THE DATA
ACQUISITION SYSTEM

Figure 1 illustrates how the various components of the
data acquisition system are located in the scan room, the
systems room, and the control room of the MRI facility. Two
fiber optical microphones are located in the scan room. The
main microphone is approximately 0.5 in. (1.3 cm) away
from the subject’s mouth at a 20 deg angle, and the reference
microphone is positioned on the outside of the magnet,
roughly 3 ft. (0.9 m) away from the sidewall at a height of
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FIG. 1. System level diagram of the audio acquisition system.

about 4 ft. (1.2 m). The microphones connect to the optical
receiver box, which is located in the MRI control room.

The data are recorded on a laptop computer using a Na-
tional Instruments NI-DAQ 6036E PCMCIA card,6 which
provides a total sample rate of 200 kHz and supports up to
16 analog input channels. The main and the reference micro-
phone signal are sampled at 100 kHz each.

In order to guarantee sample-exact synchronicity the au-
dio sample clock is derived from the MRI scanner’s 10 MHz
master clock. Furthermore, the audio recording is started and
stopped using the radio frequency (rf)-unblank signal of the
scanner with the help of some interfacing glue logic. This
mechanism is described in detail in the following section.

SYNCHRONIZING HARDWARE

The GE Signa scanner provides a digital 10 MHz master
clock signal to its MRI excitation and readout sequencer cir-
cuits, which is also available on the scanner’s service inter-
face. Furthermore, the scanner allows access to the so-called
rf-unblank TTL signal, which is a short low-pulse in the
beginning of each MRI acquisition.

The key part of the data acquisition system is the field-
programmable gate array (FPGA)-based digital glue logic
that interfaces the MRI scanner hardware to the audio
analog-to-digital converter (ADC) on the NI-DAQ card. The
logic circuitry was implemented on a DIGILAB 2 XL
board,7 which contains a XILINX Spartan two FPGA.®

The digital glue logic consists of two independent sys-
tems, namely a clock divider and a retriggerable monostable.
The clock divider derives a 200 kHz clock signal from the
10 MHz master clock, which is used to clock the ADC on the
NI-DAQ card, resulting in a sampling rate of 100 kHz for
each of the two microphone channels.

The retriggerable monostable vibrator has a time con-
stant which equals the MRI repetition time, TR. The
monostable is (re-)triggered on the falling edge of each rf-
unblank pulse, i.e., in the beginning of each MRI acquisition.

If a number of MRI acquisitions are performed consecu-
tively a train of rf-unblank low pulses is observed with a
time distance of TR. Each rf-unblank pulse retriggers the
monostable and keeps its output high during the entire acqui-
sition period. This process is shown in Fig. 2, where we
assume a series of three consecutive MRI acquisitions.
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The output of the monostable is used as an enable signal
for the NI-DAQ ADC. This mechanism turns on the analog-
to-digital conversion with the first MRI acquisition in a se-
ries and stops it as soon as the rf-unblank pulses disappear,
i.e., exactly one TR after the last unblank pulse of the acqui-
sition series was observed.

The enable delay of the NI-DAQ card is on the order of
100 ns which is negligible with respect to the audio sample
time of 50 us at 20 kHz. Therefore, the audio recording be-
gins almost exactly when the MRI acquisitions start. And
since the ADC sample clock is directly derived from the
MRI scanner’s 10 MHz clock signal, which governs the im-
age acquisition, the audio and the MRI images are always
exactly synchronized.

SOFTWARE COMPONENTS
Data acquisition and sample rate conversion

The real-time data acquisition routine was written in
MATLAB’ and it uses the Data Acquisition Toolbox. In the
first postprocessing step, low-pass filtering and decimation of
the audio data to a sampling frequency of 20 kHz is carried
out. Finally, the processed audio is merged with the recon-
structed MRI image sequence using the VirtualDub
software.'”

Noise cancellation

The proposed hardware setup allows for a variety of
noise canceling solutions. We describe two noise cancella-
tion methods that we developed: a direct adaptive cancella-
tion method using the well-known normalized least mean
square (NLMS) algorithm, and a novel, model-based adap-
tive cancellation procedure, which yielded the best results in
our speech and singing production experiments.

Figure 3 illustrates the location of the microphones and
the main sources of noise in the scan room in the proposed
set up, namely the subject, the MRI scanner, and the cryogen
pump. The dotted lines symbolize the path of the sound,
omitting the reflections on the walls of the scan room: The
subject’s speech is first of all picked up by the main micro-
phone, but there is also a leakage path to the reference mi-
crophone. The MRI gradient noise is picked up by both the
main and the reference microphone through different paths
and, hence, with different time delays and different filtering,
but with similar intensity. Last, the cryogen pump noise af-
fects mainly the reference channel.

The GE Signa scanner also has an integrated cooling fan
which produces some air flow through the bore of the mag-
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FIG. 3. Noise sources and microphone arrangement.

net. The fan may also produce additional noise but can be
turned off during the scan. In our experiments, however, we
found the fan noise negligible.

It should be noted that the MRI gradient noise is by far
the strongest of all noise sources. But despite its high power,
it also has some advantageous characteristics, namely it is
stationary, periodic, and directly dependent on the MRI pulse
sequence. In our case we used a 13-interleaf spiral gradient-
echo sequence with an echo time TE of 0.9 ms, and a rep-
etition time TR of 6.856 ms, which results in a period of
89.12 ms. This means that the scan noise can be thought of
as a periodic function with a fundamental frequency of
11.22 Hz. As will be shown below, this characteristic can be
exploited to achieve very good noise cancellation results
within a modeled-reference framework.

Direct NLMS noise cancellation

In order to overcome the above-mentioned limitations, a
noise cancellation procedure was developed which is based
on the well-known NLMS algorithm.”’12 The corresponding
system diagram is shown in Fig. 4: The MRI gradient noise
is assumed to be filtered by two independent linear systems
H, and H,, which represent the acoustic characteristics of the
room, before it enters the main and reference channel micro-
phones, respectively. The speech signal on the other hand is
captured directly by the main channel microphone.

During the postprocessing, the reference signal is fed
into an adaptive finite-impulse response (FIR) filter, and sub-
sequently subtracted from the main channel. The NLMS al-
gorithm continually adjusts the FIR filter coefficients in such

speech
signal
. VR P
linear system o/ D\ Mmain signal o T\ o output
H; N7 recording 4 " signal
scan w -

noise linear system reference Asignal adaptive FIR

H; recording filter

NLMS algorithm

FIG. 4. Adaptive FIR filter using NLMS algorithm for direct cancellation of
interference from MRI scanner noise.
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FIG. 5. Adaptive FIR filter using NLMS algorithm for model-based cancel-
lation of interference from MRI scanner noise.

a way that the average output signal power is minimized. Or,
in other words, the adaptive FIR filter is continuously ad-
justed in a way that it best approximates the transfer function
H\/H,.

Since the noise cancellation is done off-line in our setup,
the FIR filter is allowed to be noncausal and the noise can-
cellation can be achieved regardless whether the time delay
between main and reference channel is positive or negative.

The adaptive FIR filter in our case was of order 4000,
and the sampling frequency was 20 kHz. The updating coef-
ficient was set to 0.5. The achieved noise reduction was
around 17 dB. Further details are provided in the Results
section.

Model-based NLMS noise cancellation

A much improved noise reduction was achieved using
an artificial reference signal, which is generated based on a
pulse-sequence specific model for the MRI gradient noise,
rather than the reference signal captured during the scan. The
corresponding system diagram is shown in Fig. 5. Hereby we
exploit the periodic nature of the gradient noise, and we gen-
erate a signal consisting of the sum of unity-amplitude sinu-
soids of the fundamental frequency of the MRI scan noise,
e.g., 11.22 Hz, and all integer multiples up to half the audio
sampling frequency: 11.22, 22.44,...,9996.86 Hz. Hence,
this signal contains all spectral components that the periodic
gradient noise wave form can possibly have in the audio
frequency band. The signal now serves as the reference for
an NLMS noise canceller with a FIR filter of order 4000,
with an updating coefficient of 0.5. The achieved noise sup-
pression was around 32 dB, and details are provided in the
Results section.

The disadvantage of this model-based procedure is that
it does not account for other noise sources than the MRI
scanner, such as the cryogen pump. The major advantage of
this approach, however, is that there is no leakage of the
desired signal, i.e., the subject’s speech, into the reference
channel. Though it might be possible to find a more accurate
reference signal model which also includes the cryogen
pump, we found that the cancellation of the MRI gradient
noise alone provides an output signal with sufficient quality
for further analysis.

Another advantage of the model-based procedure is that
it lends itself to real-time implementations since even non-
causal noise canceling FIR filters are implementable because
the modeled reference signal is deterministic.

RESULTS

In order to quantify the effectiveness of the noise can-
cellation algorithms a 30 s silence recording was obtained,
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TABLE I. Noise power suppression for the two presented methods during
no speech.

Noise power suppression in silence recording

Unweighted ~ A-weighted ITU-R468 (1 kHz)
(dB) (dB) (dB)
Direct NLMS 17.1 17.6 16.3
Model-based NLMS 32.8 31.1 32.7

i.e., without any speech activity, and the average output sig-
nal power was measured. Table I summarizes the achieved
noise suppression for unweighted, A—weighted,w’14 and
ITU-R 468 (1 kHz) weighted output power measure-
ments.' >

The verification of the noise canceller for recordings
with speech and/or singing is more difficult since one cannot
simply separate the signal and the noise in the recordings and
measure their power independently. However, an estimate of
the signal to noise ratio (SNR) was obtained by measuring
the signal power during speech periods, Ppeechinoises and scan
noise-only periods, P, for a given recording. Due to the
stationarity of the noise, and the independence of the noise
and speech processes, we can compute the signal power as
Ppeech= Pypecchnoise~ Proise- The SNR for the given recording
can now be expressed as SNR=Pg,c.cn/ Ppoise=(Pspeechnoise
—Ppoise)/ Proise- This computation was carried out for the
original main channel recording, the direct noise-cancelled
output, and the model-based noise-cancelled output. The im-
provements in SNR with respect to the original recording are
summarized in Table II. The corresponding signal wave
forms are shown in Fig. 6. Here we see the main channel
recording, the directly noise-cancelled output, the model-
based noise-cancelled output, and the voice activity flag of
the sample utterance “We look forward to your abstracts by
December 19th. Happy holidays! [singing].”

Furthermore, we observed a slight echo-like artifact in
the audio output signal most likely believed to result from
the following: After convergence (say in a no-speech period),
the adaptive noise canceller acts like a comb filter and effec-
tively nulls out all frequencies that are integer multiples of
the gradient noise fundamental. If now suddenly a speech
signal appears, which generally has energy at those frequen-
cies, the noise-canceling filter will take some time to adapt
and again block out these frequencies. When the speech seg-
ment is over, the filter again needs a short time to converge
back to the no-speech setting. During this time the audio
output obviously contains a residue of the reference signal
causing a reverberant effect.

TABLE II. Noise power suppression for the two presented methods during
speech.

Noise power suppression in speech recording

Unweighted ~ A-weighted  ITU-R468 (1 kHz)
(dB) (dB) (dB)
Direct NLMS 17.2 18.5 13.3
Model-based NLMS 28.4 29.7 26.5
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FIG. 6. Sample wave forms for SNR estimation.

As a possible remedy for this effect, one can make the
adaptation of the filter dependent on voice activity, such that
during the no-speech phases the filter adapts fast, whereas
during speech phases the adaptation is slow, or even turned
off completely.

Various video and audio clips are provided on the web at
(http://sail.usc.edu/span/jasa_letter/index.php) to demon-
strate the achieved signal quality. Overall, our model-based
NLMS procedure appears to be most attractive since it
achieves good noise suppression, requires only a single mi-
crophone and is easily implementable. Future improvements
may include an improvement of the model to include the
cryogen pump.
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The “Fuzzy-Logical Model of Perception” (FLMP) has often been questioned for its presumed
ability to fit any data, but no clear-cut evidence has been presented yet. This paper demonstrates the
ability of the FLMP to fit random data in the “McGurk region,” that is in conditions involving
conflicting stimuli. This is due to the so-called “0/0 problem,” consisting in the fact that any
audio-visual response can be fitted by the FLMP if the audio and visual stimuli provide at least one
null probability in each possible category. The consequence is a high instability of the root mean

square error in the region of the best fit. © 2006 Acoustical Society of America.

[DOI: 10.1121/1.2258814]
PACS number(s): 43.71.An [KWG]

I. INTRODUCTION

Since the middle of the 1970s, Massaro and his col-
leagues have extensively studied the Fuzzy-Logical Model of
Perception (FLMP) (Massaro, 1987), first in the context of
categorical perception and then, since the emergence of the
“McGurk” paradigm (McGurk and MacDonald, 1976), in the
context of audio-visual (AV) interactions and fusion in
speech perception (Massaro, 1998). A systematic assessment
campaign of quantitative models, comparing the FLMP with
various other competitors, led some researchers to suspect a
“high flexibility” of the FLMP, enabling it to fit a too large
set of data (e.g., Cutting er al., 1992; Grant and Seitz, 1998).
However, the demonstration has never been really conclusive
(Massaro and Cohen, 1993, 2000; Dunn, 2000). More re-
cently, the debate switched toward tools for comparing mod-
els, in the “Bayesian Model Selection” (BMS) framework
(Myung and Pitt, 1997; Massaro ef al., 2001; Pitt et al.,
2003).

This paper discusses a technical problem with the
FLMP, particularly acute in the context of a major experi-
mental paradigm for multisensory interactions, that is the
perception of conflicting stimuli—including the most well-
known situation provided by the McGurk effect. This may
lead to questioning some of the model comparison bench-
marks using fit as a basic model assessment tool, rather than
BMS criteria available in the literature.

Il. A TECHNICAL ANALYSIS OF THE FLMP IN THE
MCGURK PARADIGM

A. FLMP and the 0/0 problem

In a speech perception task involving the categorization
of auditory, visual, and audio-visual stimuli, the FLMP may
be defined as a Bayesian fusion model with independence
between modalities, and the basic FLMP equation is

“Electronic mail: schwartz@icp.inpg.fr
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PAV(Ci) = PA(Ci)PV(Ci)/EjPA(Cj)PV(Cj)~ (1)

C; and C; are phonetic categories involved in the experiment,
and P,, Py, and P,y are the model probability of responses,
respectively, in the A, V, and AV conditions (observed prob-
abilities are in lower case and simulated probabilities in up-
per case throughout this paper). In most papers comparing
models in the field of speech perception, the tool used to
compare models is the “fit” estimated by the “root mean
square error” (RMSE), computed by taking the squared dis-
tances between observed and predicted probabilities of re-
sponses, averaging them over all categories C; (total number
n¢) and all experimental conditions E; (total number nj), and
taking the square root of the result:

RMSE= (3 (75(C) - (€)Y / )|, 2

E;.C;

In a typical McGurk situation with audio [b] plus video
[¢], the unimodal responses are almost incompatible, and
hence all phonetic categories involved in the pattern of re-
sponses display at least one very low value, either in the A
modality, or in the V modality, or in both. The consequence
is that all terms P,(C;)P(C;) are likely to be close to zero
for all involved categories. To take an example, consider
what would happen in an extreme situation with two pho-
netic classes C1 and C2, and a pair of A and V stimuli per-
fectly conflicting, that is with 100% of C1 responses with the
A stimulus, and 100% of C2 responses with the V stimulus
(see Table I). Then, it is easy to show that any response in the
AV modality, with a probability of C1 response equal to x
and a probability of C2 response equal to (1 —x) (x being any
value between 0 and 1) can be fitted by the FLMP with a
RMSE value exactly equal to 0. Indeed, suppose that the
corresponding FLMP parameters for C1 and C2 are, respec-
tively, set to (1 —g,) and &, in the A modality, and to &, and
(1-gy) in the V modality, with &4 and &y two small values.
Then the probability of the C1 response in the AV condition
is given, according to Eq. (1), by
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TABLE I. Fitting “perfect” two-category McGurk data with FLMP. Fit is
perfect for any value of x, provided that g, and &, follow Eq. (4), with
arbitrary low values.

C1 responses C2 responses

Data FLMP Data FLMP
A cond 1 1-¢g4 0 N
V cond 0 ey 1 1-¢gy
AV cond X X 1-x 1-x

el —g)llefl —gy) +es(l—gy) ] =eyl(ey+e4). (3)

Hence, x may be perfectly fitted by choosing an (&4, &) pair
such that

eylley+es]=x S ey=gux/(1 —x). (4)

Then, setting e, and ey at an arbitrarily low value, provided
that they respect Eq. (4), allows a perfect fit (RMSE equal to
0) to the pattern of experimental data in Table I, whatever x.

Exactly the same can be done with a three-class situation
more similar to the McGurk effect (both for fusions and
combinations). This corresponds to a configuration such as
audio [b] (perceived as [b]) and video [g] (perceived as [d]
or [g]), for which any response pattern can be perfectly fitted
by the FLMP, with a RMSE value equal to 0.

This is due to a simple and well-known mathematical
fact: 0/0 is an arbitrary value, or, to state this more precisely,
lim(x/y) when x—0 and y— 0, if it exists, may be any real
value.

B. Application to real McGurk data

Of course, it could be argued that the previous section
was not about real data, which seldom produce perfect zero
values. However, the McGurk paradigm typically leads to
quite similar situations, since it deals with conflicting A and
V stimuli. In a study of the McGurk effect in French
(Cathiard er al., 2001), the pattern of responses to [b4], [dy],
[gv], [bady] and [b,gy] for 126 French subjects, provided in
Table II(a), surprisingly showed that there were less [d] and
more [b] responses to [budy] than to [b,gy]. This pattern,
coherent with many other published data, seems difficult to
understand on the classical view that “[b,] is similar to [d,]
and [gy] is similar to [dy].” Indeed, replacing [gy] by [dy]
should obviously not result in a decrease of the [d] score in
this reasoning. However, the FLMP performed very well on
these data, with a RMSE of 0.0062." But actually, with the
same A and V responses, any pattern of AV response can be
fitted as well by the FLMP. This is displayed in Table II(b),
providing the FLMP fits to hypothetical patterns of AV re-
sponses with [b4dy] and [b,gy] both perceived as mostly [b]
(Response 1), mostly [d] (Response 2), mostly [g] (Response
3), [bady] perceived as [b] and [bsgy] as [d] (Response 4) or
the inverse, [bydy] as [d] and [b,gy] as [b] (Response 5). All
the fits are equally good, and as good as the fit of true data:
in this McGurk context, FLMP is able to fit everything, even
a random pattern of response.

While fitting both unimodal and multimodal data by the
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TABLE II. Fitting experimental McGurk data by the FLMP. (a) McGurk
data for 126 French subjects obtained by Cathiard er al. (2001); (b) RMSE
obtained when using the FLMP to fit the data in (a), or arbitrary AV re-
sponses 1, 2, 3, 4, 5 with the same A and V unimodal data (see the text).

(a) Responses [b] [d] [g] Other
[b4] 0.98 0 0 0.02
[dy] 0.005 0.88 0.06 0.055
[gv] 0 0.125 0845  0.03
[bady] 0.835 0.095 0 0.07
[bagy] 0.68 0.23 0.02 0.07
(b) Answer [b] Answer [d] Answer [g] RMSE
True response  [bady] 0.835 0.095 0 0.0062
[bagv] 0.68 0.23 0.02
Response 1 [bady] 0.9 0.1 0 0.0049
[bagv] 0.9 0.1 0
Response 2 [bady] 0.1 0.9 0 0.0053
[bagv] 0.1 0.9 0
Response 3 [bady] 0.1 0 0.9 0.0061
[bagv] 0.1 0 0.9
Response 4 [bady] 0.9 0.1 0 0.0082
[bagv] 0.1 0.9 0
Response 5 [bady] 0.1 0.9 0 0.0047
[bagv] 0.9 0.1 0

FLMP in Table II(a) provides excellent results (with RMSE
as low as 0.0062), predicting audiovisual from auditory and
visual data provides a dramatic RMSE increase up to 0.116,
hence 20 times more. This is due to the fact that the FLMP
ability to fit any pattern in this region has a severe drawback:
the fit is highly unstable, hence the difference between the
“fitting all” and the “prediction” strategies. Therefore, very
small variations (+0.01) applied to each FLMP parameter
around the best fit to the experimental data in Table II(a) may
lead to dramatic changes from the almost perfect value
RMSE=0.0062 to values as high as 0.25. The difference be-
tween a “fitting all” and a “prediction” strategy has been
discussed in detail by Massaro (1998, Chap. 10), and the
“fitting all” technique, called “variable FLMP,” is sometimes
discarded in benchmarks, because of its presumed over-
fitting ability (e.g., Grant et al., 1998), though Massaro con-
siders it to be the only valid one.”

lll. A BAYESIAN-MODEL-SELECTION SOLUTION TO
THE 0/0 PROBLEM

The 0/0 problem may result in a difficulty in testing
FLMP in light of McGurk data (e.g., Cathiard et al., 2001;
Tiippana et al., 2004). A possible solution could be to discard
McGurk data from model assessment studies, but this seems
odd in light of the many facts discovered about audio-visual
speech perception by studying this paradigm through both
behavioral (e.g., Green, 1998) and, more recently, neuro-
physiological (e.g., Jones and Callan, 2003; Sekiyama er al.,
2003) paradigms.

The solution recommended by Massaro (1998) is to use
large data sets rather than restricted McGurk data to assess
and compare models. However, the benchmark set he used in
a number of studies (e.g., Massaro, 1998), crossing a syn-
thetic five-level audio [ba]-[da] continuum with a synthetic
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video similar continuum (http://mambo.ucsc.edu/ps1/8236/),
does contain typical conflicting configurations involving the
0/0 problem. Therefore, this problem actually interferes with
the results of the performed benchmark studies. The question
is to know how much it interferes, and the answer is not at
all obvious. Hence, our interest in another tool for comparing
models, namely Bayesian Model Selection.

A. The Bayesian framework for model assessment

The fit may be derived from the logarithm of the maxi-
mum likelihood of a model, considering a data set. If D is a
set of k data d;, and M a model with parameters @, L(®|M)
is the likelihood of parameters @ for the model, considering
the data:

L(O®|M) =p(D|®,M). (5)

The @ parameters maximizing the likelihood of M are pro-
vided by’

0= argmax L(®|M) (6)

and it is possible to show that maximizing likelihood is not
very different from minimizing RMSE, that is searching the
best fit to the experimental data. However, comparing two
models by comparing their best fits means that there is a first
step of estimation of these best fits, and it must be acknowl-
edged that the estimation process is not error-free. Therefore,
the comparison must account for this error-prone process,
which is done in BMS by computing the total likelihood of
the model knowing the data. This results in integrating like-
lihood over all model parameter values:

p(DIM) = f »(D,O|M)dO = f P(DIO.M)p(O[M)d0

= J L(O|M)p(O®|M)d®. (7)

Taking the opposite of the logarithm of total likelihood leads
to the so-called “Bayesian Model Selection” (BMS) criterion
that should be minimized for model evaluation (MacKay,
1992; Pitt and Myung, 2002):

BMS =-log JL(®|M)p(®|M)d®. (8)

B. How BMS integrates fit and stability

The integral in Eq. (7) means that the total likelihood of
a model knowing the data evaluates the volume of ® values
providing an “acceptable” fit (not too far from the best one)
relative to the whole volume of possible @ values. This rela-
tive volume decreases if the function L(® |M) decreases too
quickly around its maximum value L(@|M): this is what hap-
pens if the model is too sensitive, as is the FLMP around its
best fit in the McGurk region.

The difference between best fit and global likelihood is
illustrated in Fig. 1. This figure deals with a two-category
audio-visual experiment with one audio condition, one visual
condition, and one audio-visual condition combining the au-
dio and the visual stimuli. A FLMP simulation of this experi-
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FIG. 1. Likelihood distributions in two- category three-condition configura-

tions (a) py=py=pay=0.5. (b) ps=py=0.5, psy=0.8. (c) ps=0, py=1, pay
arbitrary (any value between 0 and 1).

ment needs two free parameters, that is the audio probability
P, and the visual probability Py of the first category, the
probabilities of the second category being 1-P, and 1—Py,.
Three experimental configurations are considered in the fig-
ure.

In the first one, the data provide an ambiguous percep-
tion both in the A, V, and AV modalities (p,=py=p4y=0.5).
In Fig. 1(a), the distribution L((P,,Py)|FLMP)
=p(D|(P4,Py),FLMP) is a smooth curve peaking at the
point (0.5, 0.5) in the (P4, Py) plane. This peak provides the
maximum likelihood, which is high, since the data are com-
patible with the FLMP prediction. The smooth behavior of
the likelihood function leads to a large value of the total
integral below the surface, which is precisely the global
FLMP likelihood for these data.

In the second configuration, the A and V percepts are
still ambiguous (p4=py=0.5), but the AV percept is not
(pay=0.8). This is of course contradictory to the FLMP pre-
diction, hence the peak of the likelihood distribution in Fig.
1(b) is very low, and both best likelihood and global likeli-
hood are small. Altogether, Figs. 1(a) and 1(b) illustrate the
case of a strong FLMP prediction in which fit RMSE and
global likelihood BMS provide the same kind of behavior
(both good or both poor depending on the coherence of A, V,
and AV data).

The third configuration is typical of the McGurk effect,
with conflicting A and V stimuli and any AV response (that
is, the AV probability of the first category p,y can be any
value between 0 and 1). Figure 1(c) shows that here, the
FLMP maximum likelihood is quite high, but the likelihood
distribution is not smooth at all. The reason is that to be able
to fit everything in this case, the region around (P4=0,Py
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=1) must be divided into an infinity of small subregions able
to predict any value of p,y. As a consequence, the integral
below the likelihood curve is small. A high maximum likeli-
hood (or a small RMSE) together with a small global likeli-
hood: this is typically an overfitting configuration, with no
prediction ability at all. In such kinds of configurations,
FLMP provides a better fit than almost any other model
while global likelihood naturally combines fit and stability
into an integrated measure, making model assessment
sounder. A detailed implementation of the so-called Laplace
approximation of BMS together with its conditions of use is
provided in http://www.icp.inpg.fr.

IV. CONCLUSION

The 0/0 problem raises a difficulty in model fitting
based on RMSE criteria for comparing FLMP with other
models on conflicting stimuli. BMS appear as a better model
comparison technique in this case, though RMSE may re-
main an interesting additional criterion enabling one to as-
sess the quality of the fit, apart from model comparison per
se. We suggest that BMS could be of great interest in future
model comparison studies in the AV speech perception do-
main.

'RMSE in Cathiard et al. (2001) was slightly larger, because of the use of a
threshold on the minimal acceptable probabilities, not used here, apart from
the classical constraint that a probability is within [0-1].

*Massaro (1998, Chap. 10) discusses in detail the relationship between “pre-
diction” and what he calls “post-diction,” that is the “fitting all” procedure.
The proposal he makes for connecting these is based on so-called “bench-
mark goodness of fit.” However, this technique, in which the data are
varied according to the observed data statistics, suffers from exactly the
same problem: in McGurk cases, any variation of the data can be perfectly
fit by FLMP.

°In the following, bold symbols deal with vectors or matrices, and all maxi-
mizations are computed on the model parameter set ©.
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Children hear the forest (L)
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How do children develop the ability to recognize phonetic structure in their native language with the
accuracy and efficiency of adults? In particular, how do children learn what information in speech
signals is relevant to linguistic structure in their native language, and what information is not? These
questions are the focus of considerable investigation, including several studies by Catherine Mayo
and Alice Turk. In a proposed Letter by Mayo and Turk, the comparative role of the isolated
consonant-vowel formant transition in children’s and adults’ speech perception was questioned.
Although Mayo and Turk ultimately decided to withdraw their letter, this note, originally written as
a reply to their letter, was retained. It highlights the fact that the isolated formant transition must be
viewed as part of a more global aspect of structure in the acoustic speech stream, one that arises
from the rather slowly changing adjustments made in vocal-tract geometry. Only by maintaining this
perspective of acoustic speech structure can we ensure that we design stimuli that provide valid tests
of our hypotheses and interpret results in a meaningful way. © 2006 Acoustical Society of America.
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Once upon a time, the belief was common that phonetic
segments line up in the acoustic speech stream like so many
trees planted neatly in a row. Accordingly, great effort was
put forth to describe these discrete elements in linguistic and
acoustic terms. Several notions that continue to be corner-
stones of our collective worldview were developed, such as
the idea that phonetic segments can be described using lin-
guistic features. So, we all agreed, a segment can be distinc-
tively plus or minus voiced, tense or lax, rounded or un-
rounded, and so on (e.g., Chomsky and Halle, 1968). Many
believed that the phonetic element and/or linguistic feature
are appropriately described as collections of acoustic proper-
ties. Therefore, investigators searched for the acoustic corre-
lates of segments or features, as indicated in this passage
from Blumstein and Stevens (1981):

“The major claim of a theory of acoustic invariance

is that invariant acoustic properties can be derived

directly from the acoustic signal, and these proper-

ties correspond to the phonetic dimensions which

ultimately form the inventory of speech sounds used

in natural language. Such a view provides an ex-

plicit characterization of the universal set of fea-

tures, and, in particular, of the phonetic dimensions
delineating natural classes. If it is the case that in-
variant properties structure phonetic dimensions,
then such invariance provides an instantiation of

particular feature systems.” (pp. 27-28)

This view of the acoustic structure of speech and its relation
to linguistic structure has enjoyed popular support for a long
time.

Relatedly, the notion of categorical perception (e.g.,
Studdert-Kennedy, Liberman, Harris, and Cooper, 1970) fit
the earlier worldview of what happens when a listener hears
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a sequence of these presumably discrete elements. Categori-
cal perception was based on the idea that a phonemic cat-
egory can be defined as a circumscribed range of settings for
any one unique acoustic property.l According to this view,
listeners reliably hear sounds with one of these settings as
instances of that phonemic category, and similarly reject as
instances of that category sounds with different settings. The
effect is so strong, so it was hypothesized, that listeners fail
to notice acoustic variability across the range of settings on
the property that correspond to any one category. Thus, pho-
nemes could effectively be defined as ranges of settings on
specific acoustic dimensions. Even the concept of coarticu-
lation rests upon the concept of linear representation of pho-
netic segments: The acoustic structure of any one segment
can be influenced by surrounding phonetic elements, accord-
ing to traditional accounts of coarticulation. This idea is
based on the premise that there must be canonical settings
for each phonetic segment. Overall, these notions of cat-
egoricalness and linear representation in the acoustic speech
signal give us solace and form the framework of how speech
is generally thought to be produced and perceived. These
ideas have served as the basis of experimental design and
theory building for a large body of research, including every-
thing from speech recognition to dyslexia. Attempts to iden-
tify the acoustic properties that define phonemic categories
(frequently referred to as “cues”) have played central roles in
the fields of psychology and linguistics for decades, and con-
tinue to do so.

But several events over the last 25 years have shaken the
foundations of this worldview for some of us. In 1981, four
scientists published a paper that would cause us to question
our most basic beliefs. Remez, Rubin, Pisoni, and Carrell
(1981) showed us that listeners can recover linguistic struc-
ture when all of the traditional cues to phonemic identity that
we held so dear were eliminated from the signal. These in-
vestigators synthesized signals consisting only of the dy-
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namic spectral patterns of speech, and yet listeners were able
to understand those signals. At the same time, engineers were
designing devices that could be implanted in the cochleas of
individuals with profound hearing loss to stimulate the audi-
tory nerve directly. Of course, without the hair cells to pro-
vide frequency resolution the best these devices could do
was to provide a single channel of information about the
acoustic wave form of speech, and many of us predicted
unmitigated failure for these devices. But in sharp contrast to
our predictions, implant users somehow managed to use that
horribly impoverished signal to recover linguistic structure.
Since the days of those early implants, cochlear implants
have improved, but still implant users have access to only a
few channels of information. Even at that, the amplitude en-
velopes of those few channels is primarily what is received,
without even the spectral skeleton provided by sine wave
replicas of speech. Nonetheless, experiments with deaf and
hearing listeners alike demonstrate that these envelopes serve
speech recognition well (Smith, Delgutte, and Oxenham,
2002; Zeng et al., 2004). Clearly both the dynamic changes
in spectral resonances and the amplitude envelopes of speech
can provide sufficient information to support recognition of
linguistic units without traditional speech cues.
Simultaneously with the occurrence of these changes in
our understanding of what speech perception entails, inves-
tigators interested in production were modifying their world-
view. In particular, the idea that there are discrete motor
commands for individual phonemes was questioned, and in-
stead the notion was hatched that task-specific goals reduce
the multiple degrees of freedom inherent in vocal-tract me-
chanics. According to this perspective, relations among
movements of various articulators in time and space instan-
tiate linguistic structures such as stress, syllable cohesion of
intervocalic consonants, and even phonetic identity in the
resulting signal (e.g., Kelso, Saltzman, and Tuller, 1986). It
became clear that the acoustic speech signal was not shaped
by discrete actions of individual articulators. Instead, rela-
tively slow movements such as the rise and fall of the jaw are
punctuated by the actions of more rapidly moving articula-
tors, such as the lips, but all these actions are coordinated to
impose linguistic structure across the length of an utterance.
It was against these theoretical backdrops that the idea of
the developmental weighting shift (DWS) for speech percep-
tion emerged. Specifically this idea began with the thought to
examine in children’s perception what was then termed
“trading relations.” The premise of trading relations was that
settings for one acoustic property could trade with settings
for another acoustic property in the phonetic judgments of
listeners. For example, Mann and Repp (1980) found that the
frequency of a fricative noise that supported a [s] judgment
could be lower if the vowel formant frequencies were appro-
priate for a more apical, rather than velar, place of constric-
tion. The original question posed by Michael Studdert-
Kennedy and this author (Nittrouer and Studdert-Kennedy,
1987) was “Would children show this same shift in accept-
able settings for one property, based on settings of another
property?” Fricative-vowel stimuli similar to those of Mann
and Repp were used in this initial exploration of the ques-
tion, and the results were dramatic. Not only did children
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show the trading relation described by Mann and Repp, but
their responses seemed to be even more strongly influenced
by formant transitions than those of adults.

At the time and under the rubric of “trading relations,”
fricative noise frequency and dynamic formant transitions
were viewed as being equal in kind and similar in nature.
Each property was one separate bit of the acoustic fiber, a
discrete clue that could tell the listener what that temporally
discrete element, the fricative, was. Over time, however, the
significance of the changes in perspective of speech percep-
tion and production described above became apparent: The
consonant-vowel (CV) formant transition is not equal in kind
to the other acoustic properties that we, as a field, have gen-
erally termed “cues.” Instead, the CV (or VC) formant tran-
sition is one short piece of the larger, continuously changing
spectral pattern that arises from the relatively slow modifi-
cations made to overall vocal-tract posture. It is these slow
changes that children first notice in the speech around them.
Gradually, through experience with a native language, chil-
dren discover the other acoustic properties that are relevant
for phonetic identity in their native language. It is not that
adults cannot and do not use the dynamic components of the
speech signal to recover linguistic structure. Clearly they do.
Results with sine wave speech (e.g., Remez et al., 1981)
illustrate that fact. Thus, adults are sensitive to both the glo-
bal spectral structure that arises from the relatively slow
modulations of the vocal tract, as well as to the acoustic
details imposed by articulatory factors such as the precise
shape of a fricative constriction or the exact timing between
two gestures. Children, on the other hand, attend primarily to
acoustic changes that arise from the slow modulations of the
vocal tract, learning about the phonetic significance of details
of the signal only as they gain experience with their native
language.

This suggestion regarding the development of speech
perception skills is supported by findings for perceptual de-
velopment in general: There is evidence that children glean
the global structure of sensory input before discovering the
details. For example, Kimchi, Hadad, Behrmann, and Palmer
(2005) presented sets of visual patterns that either matched
on global structure, but not on local structure, or vice versa
to adults and children (ages 5 to 14 years). Participants were
alternately asked to judge similarity based on global or local
structure. Results showed that children performed as well as
adults when asked to judge similarity based on global struc-
ture, but errors increased with diminishing age when the task
was to judge local structure.

The suggestion that children initially focus their percep-
tual attention on the acoustic consequences of relatively slow
vocal-tract movements finds support from studies of the de-
velopment of speech production, as well. These global signal
components most consistently provide information about
places of constriction. In reviewing data from a report by
Vihman (1996), Studdert-Kennedy (2000) shows that young
children rarely make errors of place in their productions. One
of children’s earliest accomplishments involves learning to
produce the more general movements of the vocal tract, and
that includes being able to get from one constriction that is
appropriate in their native language to another. Only later do
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they learn to refine shapes for consonant constrictions and to
precisely coordinate timing among various gestures. Work by
de Boysson-Bardies, Sagart, Halle and Durand (1986) pro-
vides another, elegant illustration of the fact that children
initially attend to the overall changes in vocal-tract geometry
of those around them. These investigators computed the
long-term spectra of adults and 10-month-olds whose native
languages were French, Cantonese, or Algerian. The result-
ing spectra clearly showed that the infants’ spectra already
resembled those of the adults they hear speaking everyday.
What this means is that these children were learning about
the large postural adjustments that are typical of the lan-
guages they would come to speak, adjustments having to do
with the larynx, the pharynx, and the velum. Again, this per-
spective of speech development has correlates in another de-
velopmental literature: Thelen (e.g., 1985) has shown that
children initially acquire a general leg motion for walking,
without differentiation of the individual joints. Only later do
they acquire independent control over the actions of the hips,
knees, and ankles.

In summary, the theoretical perspective being offered
here is that children initially attend strongly to the global
changes in the acoustic speech signal arising from relatively
slow modifications in vocal tract postures. This perspective
has explanatory power for many earlier findings. For ex-
ample, we would not expect, and have not found, that adults
and children differ in their labeling of stimuli when dynamic
signal components are pretty much all that are available. An
example of this situation is provided by the English weak
fricatives [ #] and [f]. These fricatives differ very little from
each other in noise spectra; accordingly, Harris (1958) found
that adults weight formant transitions strongly in decisions
regarding their identity. Nittrouer (2002) hypothesized that
under these conditions adults and children would weight
similarly fricative noise spectra and formant transitions, and
results supported that position: Both adults and children de-
pended largely on formant transitions for their fricative de-
cisions. Another example of a situation in which we would
not expect weighting of formant transitions to differ for
adults and children is when formant transitions do not differ
across the stimuli listeners are being asked to label. Mayo
and Turk (2004) constructed continua of stop-vowel stimuli
with the same place of constriction across each continuum,
but with different voicing characteristics for the stops. Thus,
formant trajectories were the same across stimuli. As ex-
pected, the primary difference among stimuli was when
those formants switched from being excited by an aperiodic
to a periodic source. Given the constraint on information
conveyed by the dynamic character of formant transitions in
this contrast, adults and children did not differ in the extent
to which formant transitions contributed to their voicing de-
cisions.

None of what has been written here is meant to support
or challenge specific theories of phonology, such as whether
phonology is word or phoneme based. Human speech is
structured at many levels, and presumably each level has
significance in communication. Furthermore, children ulti-
mately need to know about structure at each of these levels
for their native language in order to attain adult levels of
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language competency. Many intriguing questions are left to
be explored, such as if children explicitly need to learn about
each kind of structure or if some structure is automatically
recoverable. The purpose of this Letter has merely been to
illustrate that we have only recently recognized the signifi-
cance of global structure in language processing. From that
perspective we realize that the formant transition is a specific
instance of general vocal-tract dynamics. In the conduct of
speech perception experiments, particularly those involving
children, we must be mindful of how stimulus design relates
to both global and local signal structure. Such attention will
help us avoid designing stimuli that violate natural con-
straints, as well as help us interpret results more appropri-
ately. In general it is fair to say that while we have been busy
arranging and rearranging the details of the speech signal in
our experiments, it has been the global structure that children
have been noticing. Children initially hear the forest, not the
trees.

This Letter was originally composed as a Reply to a
Comment written by Catherine Mayo and Alice Turk. Al-
though they withdrew their Comment, the decision was made
to let this Letter stand on its own. The author thanks Dr.
Mayo and Dr. Turk for their stimulating exchange, and sev-
eral reviewers, including Susan Rvachew, for their com-
ments. This work was supported by research Grant No. RO1
DC000633 from the National Institute on Deafness and
Other Communication Disorders.
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Source levels of echolocating free-ranging Yangtze finless porpoise (Neophocaena phocaenoides
asiaeorientalis) were calculated using a range estimated by measuring the time delays of the signals
via the surface and bottom reflection paths to the hydrophone, relative to the direct signal.
Peak-to-peak source levels for finless porpoise were from 163.7 to 185.6 dB re:1 uPa. The source
levels are highly range dependent and varied approximately as a function of the one-way
transmission loss for signals traveling from the animals to the hydrophone. © 2006 Acoustical

Society of America. [DOI: 10.1121/1.2335674]

PACS number(s): 43.80.Ka, 43.80.Lb, 43.80.Nd [WWA]

I. INTRODUCTION

Odontocetes use echolocation to locate prey and detect
their surroundings for navigation and orientation. Dolphins
and porpoises have been shown to use echolocation in cap-
tivity (Au, 1993). Recently, sonar signals and capabilities
were explored in wild dolphins and porpoises (Akamatsu er
al., 1998; Lammers et al., 2003; Au et al., 2004; Au and
Wiirsig, 2004; Rasmussen et al., 2002; Li et al., 2005a). The
finless porpoise, another odontocete species, has well-
developed echolocation skills (Akamatsu ef al., 2005a). The
species produces a high peak frequency (~ 125 kHz), narrow
3-dB bandwidth (~20 kHz), and short duration (~68 us)
echolocation signals (Akamatsu et al., 1998; Kamminga er
al., 1986; Goold and Jefferson, 2002; Li et al., 2005a).

However, the source level (sound pressure level at 1 m
from the source recorded on the acoustic axis) of echoloca-
tion signals and its adaptive modulation in finless porpoise
was not studied extensively, except for the off-axis signals
(Akamatsu et al., 2005b), received sound pressure levels
with visually estimated ranges and then the calculated source
levels according to those ranges (Akamatsu er al., 2001;
Wang et al., 2005). The source level of emitted signals is a
key parameter for gaining insight into porpoise sonar capa-
bilities. A good range determination is necessary to calculate
the source levels of the signals and evaluate its adaptive
modulation; however, it is extremely difficult to obtain an
accurate measurement of the range between a recording hy-
drophone and a moving phonating animal in the wild.
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The echolocation signals of finless porpoises often ex-
hibit a multipath reflection structure in waters with shallow,
flat bottoms and flat surfaces (Li et al., 2005b). Whenever
bottom and surface reflections from a sonar click can be
isolated in time from direct signals, the phonating porpoise’s
range can be determined by using the arrival time difference
of the direct, surface, and bottom reflected signals (Li et al.,
2005b). Using this method, researchers could estimate the
range of the phonating animal fairly accurately (Aubauer er
al., 2000; Li et al., 2005b). Aubauer et al. (2000) and Thode
et al. (2002) had used this method successfully to track and
localize marine animals in the wild.

In this study, we estimated the animal distance to the
hydrophone by using the above mentioned one-hydrophone
method (Li et al., 2005b), then calculated the source levels
and measured the interclick intervals of echolocation signals
from free-ranging Yangtze finless porpoise. The data were
used to evaluate the sonar gain control in this species.

Il. MATERIALS AND METHODS
A. Study site and subjects

Recordings were made on 22 and 23 June 2004 in Tong-
ling Baiji Seminatural Reserve, on a closed channel between
Heyue Islet and Tieban Islet, a narrow old lane of the
Yangtze River (Fig. 1) in Tongling, Anhui, China. The chan-
nel is 1600 m long and 80 to 220 m wide, with a flat, sandy
bottom structure. The depth in the channel ranges from 4 to
8 m, and is about 4 m deep in the study area between C and
D (Fig. 1). Throughout the experiment, the water surface of
the channel was flat without waves. At the time of this study,
there were five porpoises living in the channel supported by
a combination of artificial feeding and natural predation.
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FIG. 1. The study site, Tongling Baiji Semi-Natural Reserve, which is a closed channel between Heyue Islet and Tieban Islet.

B. Experimental setup and data recording

A hydrophone (ST1020, Oki Electric Co. Ltd., Japan)
with a built-in preamplifier, was deployed 0.5 m under the
water surface in the narrowest section (about 80 m) of the
channel (Fig. 1). A 30 m cable connected the hydrophone to
an underwater sound level meter (SW1020, Oki) located on
the bank of the channel, along with a data recorder (Sony
PCHB244). Both upstream and downstream, two sites with
linear distances of 25 and 50 m to the hydrophone, respec-
tively, were marked using white-color floats. The floats made
it possible to make a visual estimation of animal distances.
The visual-estimated distances were used to verify the
acoustic-calculated distances. Distances between sites were
measured using a flexible measuring tape, and depth was
measured using a handheld depth measure (PS-7 LCD DIGI-
TAL SOUNDER; Hondex, Japan).

The hydrophone has a sensitivity of -180 dB
re:1 V uPa™! +3/-12 dB, up to 150 kHz. The sensitivity
declines monotonously with an increase in frequency from
100 to 150 kHz. Recordings were made using a Sony
PCHB244 digital data recorder, with a flat frequency re-
sponse from dc to 147 kHz within 3 dB (Akamatsu et al.,
1998). The sound recording system is capable of recording
signals with frequencies up to 147 kHz, which is sufficient to
receive and store the echolocation signals of the porpoise
(see Akamatsu et al., 1998; Li er al., 2005a). A high-pass
filter of 10 kHz was incorporated to eliminate low-frequency
environmental noise.

An operator on the channel bank manually activated sig-
nal recording when finless porpoises were visually spotted.
The animals’ surface behaviors, abundance, estimated swim-
ming speed, and visually estimated distances to the hydro-
phone were annotated by the operator using a supplied mi-
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crophone to the voice channel of the digital data recorder and
digitally recorded synchronously with the high-frequency
click signals.

C. Data analysis

An analysis of echolocation signals was done using PC-
based SIGNAL/RTS™ software (Version 3.0, July 1996;
American Engineering Design, USA). The recorded signals
were replayed from the data recorder at half-speed and were
digitized using a 12-bit Data Translation-2821G A/D board
with a sampling frequency of 200 kHz (i.e., an equivalent
real time sample rate of 400 kHz). Raw click trains were first
reviewed to assess the signal-to-noise ratio. To assure the
porpoises detecting the hydrophone, even at the long dis-
tances, we always selected the click trains with a high signal-
to-noise ratio without regard to the distances between
echolocating animals and hydrophone to be analyzed. Then
individual clicks acquired manually using the built-in cursor
option in these click trains were examined. Only click trains
with clicks having very distinct surface and bottom reflec-
tions [see Fig. 3(b) in Li ef al. (2005b)] were included in the
subsequent acoustic analysis. Since porpoises emit echoloca-
tion clicks directionally and the orientation of a phonating
animal cannot be determined with the method presented
here, the collected clicks were very likely acquired from both
directly on and off the axis of its sonar transmission beam.
However, echolocation signals acquired from off the beam
axis are distorted, with lower peak frequencies and lower
amplitude levels, relative to the source signals (Au, 1993).
As a result, only the three clicks with the highest recorded
amplitude, highest peak frequency, and smoothest envelope
per click train (indicative of distinct surface and bottom re-
flections, and high signal-to-noise ratio) were analyzed.
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An analysis of the selected clicks was performed using
both the waveform and spectrum whenever necessary. The
received sound pressure level (SPL) of the click and inter-
click interval (ICI) between the analyzed click and the next
click were determined. SPL was calculated as the dB refer-
ence to 1 uPa peak to peak, by comparison with a calibration
signal of 1 kHz and compensation with +5 dB, which is due
to the fact that the sensitivity of the hydrophone near the
peak frequency (about 125 kHz; see Li et al, 2005a) of
clicks of finless porpoise is about +5 dB lower than that in
frequency of 1 kHz. Range (R) of a phonating animal was
estimated by using arrival-time differences between the di-
rect pulse, the 180° phase-shifted surface reflection, and the
nonphase-shifted bottom reflection (Aubauer et al., 2000;
Lammers et al., 2003; Li et al., 2005b). Source level (SL) is
defined as the sound pressure level at 1 m from the source. It
can be calculated as:

SL=SPL + TL, (1)

where SPL is the sound pressure level reference to 1 uPa
peak to peak of the recorded signal, TL is transmission
loss, which can be calculated from the range between the
phonating animal and the hydrophone, assuming spherical
spreading [typical of spreading observed in dolphin and
porpoise sonar (Au, 1993)]:

TL =20 log(R) + aR, (2)

where «a is the absorption coefficient of the water measured
in dB/m [~0.035 dB/m at 120-130 kHz and 30 °C (Au,
1993)].

lll. RESULTS

During this experiment, finless porpoises were fre-
quently observed passing up and down on both sides of the
hydrophone, at speeds of about 1 m/s. A total of 6 h of
underwater signal recordings were obtained, and 167 click
trains with high signal-to-noise ratios were examined. Of
these, 53 (about 32%) were suitable (i.e., had clear, distin-
guishable surface and bottom reflections) for estimating
ranges and calculating source levels of phonating animals.
All of the acoustically estimated ranges were comparable to
the visually estimated ranges. A total of 159 SLs were cal-
culated. The maximum SL was 185.6 dB calculated at a
range of 47.5 m, and the minimum SL was 163.7 dB calcu-
lated at a range of 3.8 m from a phonating porpoise.

By assuming the porpoise was scanning the hydrophone
by sonar when ICIs of the clicks were longer than the two-
way transit times, which is defined as the time needed for an
echolocation click to travel from the phonating porpoise to
the hydrophone and back to the porpoise, the distance to the
hydrophone can be used as the index of the target range.
Figure 2 shows that the SLs of analyzed clicks with ICIs
longer than the two-way transmit times increase with the log
of R, according to the equation SL=19.37 log(R) +151.59. A
high correlationd coefficient (r°=0.93) was determined,
which is significant (n=131, p<<0.01).
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FIG. 2. Source levels SLs in dB (p-p) re:1 uPa as a function of range R
(m). The SLs increase with the log of ranges [SL=19.37 log(R)+151.59,
r?=0.93], which is approximate to the one-way transmission loss [SL
=201og(R)].

IV. DISCUSSION AND CONCLUSIONS

The experiment was performed under conditions where
the directionality and range of a freely swimming phonating
porpoise were uncertain. For instance, we presumed the click
dataset included in the analysis is the most representative
description of the on-axis or near to on-axis sonar clicks
emitted by the porpoises. Actually, it is difficult to determine
which clicks were recorded on-axis and which were not.
However, by selecting click trains with a high signal-to-noise
ratio and including only the three clicks with the highest
amplitude and highest peak frequency in one click train, we
can surmise the analyzed clicks in the present study were
approximately on the transmission beam. The SL was calcu-
lated using the range estimated by the one-hydrophone
acoustic method (Li et al., 2005b) under the condition of
assuming the bottom of the experiment area to be flat with a
consistent depth of 4 m, which might introduce some errors
for the distance estimates. Nevertheless, the potential prob-
lem was minimized by only using click trains with clicks
having very distinct surface and bottom reflections to esti-
mate ranges. Additionally, a comparison to visual estimates
showed all the acoustic estimates of distances are approxi-
mately correct. Even considering measurement errors of
0.5 m for the bottom depth, 4 us for the time delays of the
signals via the surface, and bottom reflection paths to the
hydrophone, relative to the direct signal, the acoustically cal-
culation error for the range is less than 40% (Li et al.,
2005b), which can be considered to be fairly accurate for the
range estimates (Aubauer et al., 2000). In addition, the fre-
quency response of our hydrophone was not so flat, being
+3/-12 dB with a frequency between 100 and 150 kHz;
however, the frequency response of the hydrophone near the
peak frequency of clicks in a finless porpoise had been com-
pensated in the data analysis. As a result, we believe the
calculated source levels in the present study were approxi-
mate to the real source levels of on-axis signals in finless
porpoise.

When clicks with ICIs longer than the two-way transit
times were received by hydrophone, the phonating animals
were assumed to be detecting the hydrophone as a target.
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Figure 2 shows the SLs of the clicks with ICIs longer than
the two-way transit times increased linearly with the log of
the range to the hydrophone, with a high correlation coeffi-
cient (*=0.93). The high value of 7* might have been caused
by the selection of click trains with a high signal to noise
ratio without regard to the distances between phonating ani-
mals and hydrophone, and clicks with ICIs longer than the
two-way transit times, both of which are to assure that the
porpoises were detecting the hydrophone, even at the long
distances. The regression line [19.37 log(R) in Fig. 2] was
close to the one-way transmission loss of the echolocation
signals for a given distance R [20 log(R)]. This indicates that
as the porpoises close in on a target, the SL of the echoloca-
tion signal decreases continuously by 6 dB for each halving
of the distance. The reduction in SL with decreasing distance
to the hydrophone is a form of dynamic time-varying gain
control previously described in the dolphin sonar system (Au
and Benoit-Bird, 2003; Rasmussen ef al., 2002). This type of
gain control system adjusts the level of the transmitted signal
with a coefficient of about 20 log(R). This amplitude is a
function of the one-way transmission loss for signals travel-
ing from the animals to the hydrophone, and is different from
that of bats, who control their hearing sensitivity by contract-
ing their middle-ear muscles synchronized to transmissions
with a coefficient of 40 log(R) (Simmons ef al., 1992). The
echo gain control in bats keeps echoes from point targets at a
fixed sensation level (Simmons et al., 1992). Hartley
(1992)found that Eptesicus fuscus also reduces emitted inten-
sity by 20 log(R) under some conditions. In this case, the
decrease in emitted intensity is synchronized to a reduction
in auditory sensitivity of 6 to 7 dB [about 20 log(R)] per
halving of range, to stabilize perceived echo amplitudes dur-
ing target approach (Hartley, 1992). However, as the por-
poises and dolphins cannot contract the middle-ear muscles,
they are not known as having the capability to attenuate au-
dition as bats (Ketten, 2000), when detecting the point tar-
gets with no change in target reflectivity (such as the hydro-
phone in the present study) by only 20 log(R) SL adjustment,
the dolphins and porpoises perceive echo level increasing by
6 dB for each halving of the target range.
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Every branch of science attracts its share of cranks and pseudoscientists, and acoustics has been no
exception. A brief survey of those who touched on acoustics is given with quotations from the more
interesting or egregious examples. A contrast is drawn between the nineteenth century contrarian’s
quarrel with particular theories and the modern new age wholesale rejection of theory. This
world-view is traced back to the later scientific writings of Goethe. Examples of pseudoscience
applied to biomedical acoustics, architectural acoustics, and audio reproduction are given. © 2006
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I. INTRODUCTION

“Bad acoustics” is not the same as “wrong acoustics.”
Acoustical science has progressed to its present, well-attested
status by continuous debate, and it would be quite wrong to
fault those who, for honest reasons, found themselves on the
losing side of an argument. After all, as pointed out by Jeng,1
when Laplace calculated his correction to Newton’s famous
underprediction of sound speed he made two errors that luck-
ily canceled each other out.

Nor is “bad acoustics” the same as “odd acoustics.” The
story of Darwin playing the bassoon to worms is often given
as an example of scientific eccentricity. In fact it was part of
an entirely sensible test to ascertain whether they could hear,
or sense vibrations directly through their bodies (he also tried
the piano and a metal whistle?).

There is, however, a distinct strand of acoustical pseu-
doscience, which has produced some particularly strange
and, in some cases, remarkable publications, and it is these
that will be reviewed in this article.

Il. DOWN WITH WAVES!
A. Alexander Wilford Hall (1819-1902)

In 1877 a Methodist clergyman from New York named
A. Wilford Hall published a book called “The Problem of
Human Life: Here and Hereafter,” 3 Tts second edition was
issued in 1883 and is available for purchase today in a print-
on-demand facsimile edition. His aim was to present scien-
tific arguments against Darwinian evolution which he felt to
be incompatible with religion. He was neither the first nor
the last to do so, and if that were all he did his book would
be of little interest to us. What is of interest is this promise
from the preface:

Prior, however, to undertaking the task of breaking

through the entrenched works of the evolutionist,

and in order to prepare the reader for placing the

proper estimate upon these so-called scientific theo-

ries which assume to overthrow religion [...] I re-
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solved, as an example of what might be expected in

the future, to attempt the overthrow of one of the

universally accepted theories of science [...]

namely, the Wave-Theory of Sound, out of which

has been developed the Undulatory Theory of Light

and the more recently constructed theory of Heat as

a Mode of Motion.

Wilford Hall’s claim that he will take on the wave theory of
acoustics as a sort of warm-up lap before overthrowing evo-
lution is disingenuous. His true motive is shortly revealed:

In this seemingly preposterous and hazardous at-
tempt I was necessarily compelled to undertake the
additional task of reviewing no less an authority
than Professor Tyndall (the ablest and most popular
exponent of the sound-theory now living), and of
thus demonstrating the complete unreliability and
defenselessness of the scientific opinions and state-
ments of one of the most aggressive advocates of
modern evolution, even when treating on the simple
facts of science and making the most ordinary
philosophical deductions.

Tyndall’s book “Sound” had, by this time, become a
recognized classic of popular science.” In his introduction to
the third edition of 1875 Tyndall notes with satisfaction that
it had been translated into German in an edition supervised
by no less an authority than Helmholtz, and also into Chi-
nese. Acoustics was just one of Tyndall’s many scientific
interests and in his time he was renowned as a passionate
scientific educator and proponent of evolution, and it is this
last fact that surely roused Wilford Hall. Another reason to
attack Tyndall, as opposed to other acousticians, is that his
book was eminently readable by those without higher scien-
tific education when compared to that of, say, Rayleigh. In-
deed, Wilford Hall gives no sign that he is even aware of
Rayleigh’s existence. His relish for the assault on Tyndall, as
well as his misunderstanding of acoustics can be seen in the
following extract (emphasis in the original):

Whether two unison forks, or other instruments, if

sounded half a wave-length apart, with the ear sta-

tioned in line, can be heard the same as in any other
position, must absolutely settle the whole undula-
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tory problem, now and forever. If they can be heard

the same in that as in any other position, which the

whole world knows to be a fact, then the wave-

theory falls to pieces, and with it falls Professor

Tyndall as a scientist!

In fact, by being sure to attack Tyndall on every possible
point he did manage to score one hit. In “Heat: a Mode of
Motion™’ Tyndall uses the concept of the luminiferous ether
to describe the transmission of light, memorably pointing out
that

Here your conceptions must be perfectly clear. It is

just as easy to picture a vibrating atom as to picture

a vibrating cannonball; and there is no more diffi-

culty in conceiving of this ether, as it is called,

which fills all space, than in imagining all space
filled with jelly.
The fact that Wilford Hall was right to disagree with this is
only marginally to his credit; as the saying goes even a bro-
ken clock will be right twice a day.

Wilford Hall’s style of writing, taken in small doses, has
a preacher’s eloquence to it; when comparing Christian the-
ists with the free-thinkers Underwood and Ingersoll in his
first chapter he rhapsodizes that:

The one represents the glorious eagle which is never

so proud and happy as when facing the sun and

soaring toward heaven, while the other is a fit sym-

bol of the buzzard, whose glory is in its shame and

whose fondest felicity is in feasting on filth.

His arguments, however, are long-winded in the extreme and
he often puts words in his adversary’s mouths, in one case
going so far as to stage-manage an imaginary debate:

I wish I could have the opportunity of saying to Mr.

Comte, Sir: Your impression of the tree’s existence

is not a reality at all [...] Should he admit this, as he

would be forced to do by his own logic, I would

then take him a step further [...] Thus I might keep
him going with this house-that-Jack-built logic [...]

till he would be totally lost in the labyrinths of his

own metaphysical confusion, and be obliged to ad-

mit [...]
and so on.

So what was his argument with acoustics? He described
his own philosophy as Substantialism, and held that all
things are material substances. He applied this principle
theologically to human souls, and physically to sound waves,
which he believes to be corpuscular. Naturally, he shows
supreme confidence in his theory:

Should any physicist a hundred years hence happen

to be so illy informed and so far behind the age as to

believe in and advocate the preposterous position

involved in the current wave-theory of sound, the
educated scientist of that epoch in attempting to set
him right will then feel about the same indefinable
sensation of pity mingled with disgust that the as-
tronomer of to-day feels when hearing some scien-
tific lunatic urge, as is sometimes the case, that the
earth can not revolve on its axis, because if it did so

it would overturn the water-bucket; or that the

writer of this review is compelled to feel while try-
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ing to convince Professors Tyndall, Helmholtz, and

Mayer that a locust can not, by moving its legs,

throw four cubic miles of air into condensations and

rarefactions, and thus exert a mechanical pressure of

thousands of millions of tons!
He repeatedly returns to the example of a locust or a cricket,
which can be heard from a great distance. He calculates the
volume of air that would have to be set in motion for this to
happen by waves, and then, fatally, assumes this body of air
to be moving in unison, that is to say in solid body motion.
He then divides the force necessary to achieve this by the
area of a locust’s leg to achieve his value of pressure. His
preferred explanation is that anything that emits sound ex-
udes particles and that sound works like smell. He was pre-
pared for the counterargument that the locust would have to
fill four cubic miles with sound particles, pointing out that
some substances can be smelled over comparable distances
without losing appreciable mass.

He was also unsatisfied that something as small as the
human eardrum can respond to sound whose wavelengths in
air can be meters long. Never one to leave a point unlabored
he scripts the following imaginary exchange between Helm-
holtz and Steinway.

HELMHOLTZ. Good morning, Mr Steinway. What

in the world are you making there, in which you

seem to be so deeply absorbed?

STEINWAY. A grand piano, sir;—an improvement

that is going to revolutionize the business, based on

late acoustical discoveries which do away with the

necessity of such enormous size and expense in

construction. I am building, sir, a vest-pocket
piano,—one that a musician can carry with him,
where he goes, as easily as he can carry his watch.

There are millions in it!

HELMHOLTZ. What length, Mr. Steinway, do you

propose to have the strings?

STEINWAY. The longest string, or those producing

the lowest notes of the bass, according to my im-

proved scale, which I have just completed, will be

exactly one inch in length, while, for the highest
notes, seven octaves above, the strings will be just
half that length.

HELMHOLTZ. Mr. Steinway, you are a practical

joker. But come, now, be serious. We Germans do

not deal in jokes when we come to mechanical im-

provements, involving, as yours does, the estab-

lished laws of acoustics [...]
This script continues over three large pages.

All the quotes so far are taken from the second edition,
the preface of which contains the following tantalizing infor-
mation about its predecessor:

Since the early edition of the book was published,

partly in meter, the author has had an abundant rea-

son to become satisfied that the metrical form of the

argument was a mistake, so far, at least, as the gen-

eral reading public is concerned.

Sure enough, the considerably scarcer first edition was
largely written in nonrhyming verse, with copious prose
footnotes to amplify concepts that did not easily fit within
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the scansion. Typical examples of the metrical form of argu-
ment are:

Sound I now proclaim as substance

Real as the ear which hears it

Or the objects which produce it,

Notwithstanding all the reasons

And phenomena so numerous

Drawn from vibratory motion

Which appear to contradict it,

Which the reader will remember,

As I have distinctly hinted,

Are in harmony completely

With the view as here foreshadowed,

When we come to analyze them;

And so infinitely simple,

When compared to explanations

Given by the current doctrine,

That the mind at once accepts them

As the only true solutions.
and

And though I may speak of sound-waves

In the course of this discussion,

I shall do so under protest,

With this frank asseveration

That sonorous undulations

Are a work of pure invention,

Brilliantly imaginary,

Having not the least foundation

Either in the laws of nature

Or the principles of science.
As a final curious footnote it turns out that in 1879 a US
Patent was awarded to one A. Wilford Hall of New York for
an improvement to Edison’s phonograph,6 although I have
not been able to establish that this is definitely the same
person.

B. Joseph Battell (1839-1915)

Colonel Joseph Battell was a wealthy Vermont land-
owner who donated over 30 000 acres of land to the state on
condition that it be kept as a public wilderness, an action that
has rightly made him something of a hero to the environmen-
tal movement. He was also a Republican member of the
Vermont Legislature eight times (once in the Senate) and
wrote a book about the breed of horse known as the Morgan.
In 1901 he also wrote and published a book called “Ellen or
Whisperings of an Old Pine,” ! initially in one volume,
though a second and a third were added in subsequent edi-
tions. It is lavishly produced with gold embossed lettering on
the cover (see Fig. 1) and a profusion of photographs of
Vermont scenery. It is summed up by Martin Gardner, in his
classic study of pseudoscience “Fads and Fallacies,” 8 as fol-
lows:

Few odder works than Ellen have appeared in the

United States. All three volumes are in the form of a

Platonic dialogue between a sixteen-year-old girl

named Ellen and the narrator who happens to be an

old Vermont Pine tree.

Ellen and the Pine (who is the nominal narrator) refer to each
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FIG. 1. (Color online) The cover of “Ellen” (second edition)—Ref. 7.

other and themselves in the third person throughout, which
lends the prose a particular sluggishness. Neither expresses
any surprise at the situation they find themselves in. Indeed
at one point Ellen admonishes the Pine to remember when he
first learned algebra, although no explanation of when or
why these lessons were conducted is given. The relationship
between the two principal characters is highly dysfunctional.
The Pine is pathetically grateful for Ellen’s attention, which
she is constantly threatening to withdraw, often in favor of
other trees. Although they pretend to engage in free philo-
sophical discussions Ellen soon makes it clear who decides
whether a particular topic is legitimate (the quotes are from
the second edition):

“[...] does the old Pine suppose that the intelligence

which he suggests comes from life lives after the

life is gone?” [...]

“The old Pine doesn’t think at all,” I said. “He is

only asking questions, and letting Ellen do all the

thinking.”

“And Ellen thinks he is getting crazy,” she replied,

“with such foolish questions.”

“But the scientists ask such questions,” I said, “as

though they could not be answered, and they are

very great men.”

“Very ignorant men,” she said |[...]

“Well,” I said, “the old Pine was striving to get the

facts.”

“Asked Ellen lots of foolish questions,” she said.

“Ellen got awfully scared about him. Afraid he was

losing his wits.”

“But, Ellen, the old Pine doesn’t know of any way

to get at the truth but by trying. It is the bold mari-

ner only who makes discoveries.”

“And doesn’t the old Pine know,” she said, “that

there are no discoveries possible about things which
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are self-evident? The old Pine was awfully crazy

and Ellen was dreadfully frightened; afraid he

would never get out of it. He talked just like a

scientist.”

Ellen takes the Pine through theology, botany, algebra, and
trigonometry, in all cases ridiculing experts while defending
any weaknesses in her own theories by vehement assertions
that they are self-evident and need no proof. Whole chapters
are taken up by Ellen quoting learned works, from Plato to
Newton to the Edinburgh Philosophical Journal, all seem-
ingly off by heart. By Volume II they have got around to the
subject of sound, and Ellen favors (or rather insists upon) a
corpuscular theory like Wilford Hall’s and has a similar
loathing for Tyndall. Among her reasons for dismissing the
wave theory is her contention that superposition would be
impossible (again this is claimed as self-evident) so that mul-
tiple sound waves passing through the same space would be
affected by one another. She makes much of Newton’s fa-
mous mistake of assuming isothermal rather than adiabatic
change in sound waves and thus underpredicting the speed of
sound. As for Laplace’s correction mentioned earlier she has
this to say:

By this hypothesis of Laplace one-half of the air is

constantly overheated, and one-half underheated,

and this couldn’t help being noticeable if it meant

any perceptible amount of difference of tempera-

ture, even though the two halves should constantly
interchange conditions. For the old Pine will re-
member that some of the hypothetical sound waves

are quite long, that of the lower C 28 feet, having 14

feet of condensation and 14 of rarefaction. And this

increase of heat which, not in the ordinary way but

in some inexplicable manner, is said to add 176 feet

per second to the speed of sound, must take place

with every sound, even the slightest. [...] It makes

Ellen pretty sick to discus seriously such intolerable

nonsense.

She also harps on the point that the recently invented
telephone can still be faintly heard when its diaphragm is
removed. This could be explained as magnetostriction in the
coils causing a small force on the housing which acts as an
inefficient radiator. To Ellen, however, it is proof of nothing
less than the complete failure of wave theory.

lll. INTO THE NEW AGE
A. John Ernst Worrel Keely (1837-1898)

John Keely claimed to have invented a perpetual motion
machine, which he called a “vibratory generator with a
hydro-pneumatic pulsating generator,” and insisted that sym-
pathetic vibrations were essential to the functioning of his
device. The story is taken up in John Sladek’s “The New
Apocrypha:” ?

From time to time investors in the Keely Motor

Company began to wonder if they were wasting

their money. Keely always persuaded them to waste

a bit more. Demonstrations always took place in

Keely’s home, where the motor tore ropes apart and

twisted iron bars, while its gauges showed enor-
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mous pressures—all from a pint of water. Commit-
tees of scientists and engineers were invited to see
his demonstrations, but not to inspect the motor.
They did so, however, after his death in 1898, and
found in the cellar the compressed-air equipment
that really ran it.
In fact, one person invited to witness a demonstration of
Keely’s motor was none other than the Reverend Dr A. Wil-
ford Hall, who, apparently, was not particularly impressed.
Some, however, have not been shaken by such revela-
tions. The 1996 book “The Physics of Love: The Ultimate
Universal Laws” '* is credited to Dale Pond, Edgar Cayce,
John Keely, Rudolf Steiner, and Nikola Tesla, though only
the first author was alive at the time of writing. In it, Keely’s
secrets are supposedly revealed. A brief sample is enough to
get the flavor:
The Law of One: Everything that is in the universe
is included in it. Therefore all that is may be con-
sidered as one yet each discrete thing is individual-
ized. The common mechanical connection between
them all is what they have in common-vibratory
motions. Every thing in the universe vibrates ac-
cording to the laws of harmony. The connecting link
between all these seemingly separate things is sym-
pathetic vibrations. When the numbers of the vibra-
tions are the same there is greater action/reaction or
commoness [sic] of experience [...]
Note the contrast between the earlier attacks on establish-
ment science by Wilford Hall and Battell, in which an ac-
cepted theory is attacked and evidence (however spurious or
badly interpreted) is offered to convince the reader, and the
new age mystical literature in which anything can be conjec-
tured and whether or not it agrees with scientific theory or
observation is not even considered relevant.

B. Hans Jenny (1904-1972)

The transition between the old and new styles can be
detected in the writings of Hans Jenny, a friend and follower
of the occultist Rudolf Steiner (1861-1925). A proper survey
of Steiner’s beliefs and activities would be beyond the scope
of this article. Briefly, he broke away from Madame Blav-
atsky’s Theosophy cult to found his own Anthroposophy
movement. Today he is best-known for the foundation of
Waldorf or Steiner schools, some of which are still in con-
troversial existence. Jenny, a medical doctor by profession,
became fascinated with visual manifestations of vibration
such as Chladni plates and Lissajous figures and set about
studying them. The way he did so emphasizes the difference
between the scientific method and Steiner’s approach to the
world. Jenny coined the term “Cymatics” to mean the study
of waves and in 1967 published a book of that name, fol-
lowed by a second volume in 1972."" 1t contains many pho-
tographs, some of them remarkable and beautiful, of pow-
ders, liquids, and pastes on vibrating plates, such as those
shown in Fig. 2, taken from Chapter 8 of the first volume.
These show a suspension of kaolin placed on a vibrating
membrane. In some of the pictures the suspension is cooling
and solidifying, in others it is a viscous mixture. It is inter-
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FIG. 2. A montage of pictures of kaolin paste on a vibrating membrane
from Jenny’s “Cymatics” (Ref. 11). The figures do not appear in this order
there, and the properties of the paste are not constant over all figures.
© MACROmedia publishing, used by permission.

esting to compare these to Fig. 3, which shows the delocal-
ization of a hole in vertically vibrated cornstarch suspension
reported by Merkt et al. in 2004."% This could be taken to
suggest that a self-taught amateur working alone had pre-
empted the work of a number of experts at a world-class
research center. But the differences between the reports are
as revealing as the similarities. Merkt et al. are able to map
how the qualitative behavior of the system depends on am-
plitude and frequency of vibration. In order to do this they
take considerable trouble to make sure that the properties of
the suspension are fixed, uniform, and repeatable. They are
then able to discuss the observed behavior in the context of
the shear-thickening property of the cornstarch suspension
they used. And, crucially, they were able to observe persis-
tent holes, which Jenny missed.

Jenny, in contrast, gives no frequencies or amplitudes,
nor any of the properties of his mixtures. All of this might be
forgivable in an amateur investigator who might not possess,
for example, the means to measure viscosity, although he
makes no reference to the shear-thickening property of ka-
olin suspensions, which are readily apparent to anyone who
tries to stir them. It soon becomes apparent, however, that
Jenny didn’t just neglect to categorize his results systemati-
cally, he actively avoided doing so:

What it all boils down to is this, we must keep on

asking ourselves as Goethe did: “Is it you or is it the

object which is speaking here?” If we were to es-
tablish rigid definitions and split up the various
manifestations into sections, we should be artifi-

FIG. 3. A persistent hole in a cornstarch suspension being vibrated at 80 Hz
at a peak acceleration of 25 g. Photos are taken every 0.9 s. Reprinted figure
with permission from F. S. Merkt et al., Phys. Rev. Lett. Vol. 92, 184501,
2004. Copyright 2004 by the American Physical Society.
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cially dismembering the phenomenon by applying

the analytical instrument of the intellect. If the phe-

nomenon is to remain vital, its spectrum must be

grasped as a fluctuating entity. True, there are sig-
nificant forms there; but what we have to evolve is

the concept of moving form and formative

movement.

This avoidance of any attempt at categorization or sys-
tematic investigation in favor of what would now be called a
holistic approach is made explicit in the opening chapter of
the second volume:

Here again methods have been employed in
which the phenomenon is treated as a whole and not
dissected. Why is this? When we observe a phe-
nomenon, it is natural to concentrate on one single
factor and make it the focus of our attention. Now,
if such a factor is abstracted from its context and
allowed to dictate our procedure, the investigation
tends to become biased and other characteristics of
the object under study are easily missed. This is
clearly reflected in the history of science in the way
interest has alternated between opposed theories.

[...]

A very special feature of the study of vibrations
is the way in which the observer penetrates to the
genetic element. Before our eyes we have the cre-
ative and the created, the vibrating and the sound-
ing, and also what is produced by vibration and
sound. Now none of this can be simply and harm-
lessly dissected for our examination. The events of
the wave sequence transpire under complex condi-
tions, in interferences, resonances, turbulences, in
harmony, consonance, in disharmony, in disso-
nance, in frequency spectra, amplitude relations,
etc. It is in this sphere of multiple creation that the
investigator must carry out his observations. He
must find out whether amidst all this tumultuous
activity there are basic or ultimate phenomena in
term of which “everything else” can be compre-
hended. It happens often enough that we have the
parts in our hands but unfortunately lack the “men-
tal ribbon” (Goethe) with which to bind them to-
gether. What is the status of the parts, the details,
the single pieces, the fragments? In the vibrational
field it can be shown that every part is, in the true
sense, implicated in the whole.

The result is, for any physicist, a series of missed opportu-
nities. Strange and rich behaviors, which would provide sev-
eral interesting challenges to model, rub shoulders with Lis-
sajous figures created with sine wave generators and an
oscilloscope, which can be completely explained with high
school physics; both are treated with the same mystic won-
der:

We have, among other things, been able to generate

the formal vocabulary of Gothic tracery. It would

therefore be correct to say that these architectural

forms actually embody intervals as figures, thus
verifying Geothe’s dictum that “architecture is fro-

zen music.”
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Unfortunately, although extensive examples and photographs
are given through the book, none are given that show this
architectural correspondence. We are, however, shown the
result of speaking vowels into his “tonoscope,” a stretched
membrane with powder, sand, or liquid used to show the
resulting nodal pattern, and of playing the music of Bach and
Mozart into an electroacoustic version.

C. Johann Wolfgang von Goethe (1749-1832)

Jenny’s reference to Goethe (there are several through-
out the book) is apposite; the author of Faust had a parallel
career as an amateur scientist and wrote ‘“Zur
Farbenlehre,” Ba large volume on the theory of color, which
he regarded as his most important work; as Gardner® puts it:

Since Goethe had no understanding of experimental

methods, and even less of mathematics, his attack

proved one of the most irrelevant in the history of
physics.14

Although it diverts us from acoustics to optics it is worth
noting the responses to Goethe of two eminent acousticians.
Helmbholtz, in an 1853 lecture to the German society of
K(jnigsberg15 considered both his useful contributions to os-
teology (he discovered evidence for the presence of the in-
termaxillary bone in the human jaw) and to optics. He de-
scribes how Goethe looked at a white wall through a
borrowed prism expecting (thanks to a misreading of New-
ton) to see colors. When he saw them only at edges, such as
the boundary of a black figure on a white background he
leapt to the conclusion that Newton’s theory could only be
utterly wrong. Helmholtz continues

It is evident that at the first moment Goethe did not

recollect Newton’s theory well enough to be able to

find out the physical explanation of the facts I have
just glanced at. It was afterward laid before him
again and again, and that in a thoroughly intelligible
form, for he speaks about it several times in terms
that show he understood it quite correctly. But he is

still so dissatisfied with it that he persists in his

assertion that the facts just cited are of a nature to

convince any one who observes them of the abso-
lute incorrectness of Newton’s theory. Neither here

nor in his later controversial writings does he ever

clearly state in what he conceives the insufficiency

of the explanation to consist. He merely repeats

again and again that it is quite absurd.

He also points out Goethe’s disdain for experiment, which
Jenny inherited:

[...]in his attack on Newton he often sneers at spec-

tra, tortured through a number of narrow slits and

glasses, and commends the experiments that can be

made in the open air under a bright sun, not merely

as particularly easy and particularly enchanting, but

also as particularly convincing!

Goethe’s later writings also prefigured Wilford Hall in his
attacks on his opponent. Helmholtz again:

To give some idea of the passionate way in which

Goethe, usually so temperate and even courtier-like,

attacks Newton, I quote from a few pages of the
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controversial part of his work the following expres-

sions, which he applied to the propositions of this

consummate thinker in physical and astronomical
science—‘incredibly impudent’; ‘mere twaddle’;

‘ludicrous explanation’; ‘admirable for school-

children in a go-cart’; ‘but I see nothing will do but

lying, and plenty of it.’

[...]

Thus in the theory of colour, Goethe remains faith-

ful to his principle, that Nature must reveal her se-

crets of her own free will; that she is but the trans-

parent representation of the ideal world.
Of course Newton was equally irascible but generally pre-
ferred to use his position to suppress his opponents work
rather than to attack them in print.

John Tyndall, in a Friday Evening Discourse at the
Royal Institution of 1880,16 makes similar points, but draws
an analogy that modesty would have forbidden Helmholtz to
make:

We frequently hear protests made against the cold

mechanical mode of dealing with aesthetic phenom-

ena employed by scientific men. The dissection by

Newton of the light to which the world owes all its

visible splendour seemed to Goethe a desecration.

We find, even in our own day, the endeavour of

Helmholtz to arrive at the principles of harmony

and discord in music resented as an intrusion of the

scientific intellect into a region which ought to be
sacred to the human heart. But all this opposition
and antagonism has for its essential cause the in-
completeness of those with whom it originates. [...]

There is no fear that the man of science can ever

destroy the glory of the lilies of the field; there is no

hope that the poet can ever successfully contend
against our right to examine, in accordance with
scientific method, the agent to which the lily owes

its glory.

D. Pyramidology and beyond

The Egyptian Pyramids seem to act as a magnet to un-
conventional theories. There has apparently been a long-
standing debate about how the stones were moved, to which
surely the least convincing answer must be that given in
“Gods of Eden” (1998) by Andrew Collins,'” which is that
they were moved by acoustic levitation. Of course acoustic
levitation is a scientifically recognized phenomenon, de-
scribed and explained in the pages of this journal among
others. The radiation forces emitted by sound waves can only
lift small particles, though more substantial weights can be
lifted through nonlinear effects.”® None of this technology is
mentioned by Collins, who bases his belief on the 1961 book
“Forsvunnen Teknik” by Henri Kjellson,lg which reports the
experiences of a Swedish doctor known only as Jarl who
claimed, on a journey through Tibet some time in the two
decades before the second world war, to have witnessed
monks using drums and trumpets to levitate large stone
blocks.

In “The Giza Power Plant” *° (1998) Christopher Dunn
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suggests that the pyramids were, in fact, built to generate
energy, possibly for a highly advanced civilization. He also
claims that artifacts found in the pyramids could only have
been machined with ultrasonic tools.

John Reid, in experiments described in “Egyptian
Sonics,” %! apparently sought to emulate Jenny’s tonoscope
by stretching a membrane over the sarcophagus in the King’s
chamber of the Great Pyramid and insonifying it to appar-
ently reveal hieroglyphics in the resulting vibration patterns.

Pyramids are not mentioned in “Healing Codes for the
Biological Apocalypse” by Dr. Leonard G. Horowitz and Dr.
Joseph S. Puleo,”” but almost everything else is. As the dust
jacket puts it:

This book [...] offers the greatest hope for humanity

to spiritually evolve, and reveals the divine musical

notes destined to be sung by the gathering critical

mass of “144,000” people required to establish

1,000 years of world peace. Let the singing and the

greatest healing of all time begin!

Mad cow disease, freemasonry, Bible codes, numerology,
and so forth are brought up in dizzying sequence. As for the
secret frequencies (emphasis in the original):

These previously secret sound frequencies, or elec-

tromagnetic vibrations, are likely the primary ones

associated with the matrix of creation and destruc-
tion. That is, they were likely the frequencies used

by God to form the cosmos in six days, as well as

the tones required to shatter Jericho’s great wall in

six days. Additional evidence for this assertion

come from the fact that the third note Mi for

Miracles, or 528 is the exact frequency used by ge-

netic engineers throughout the world to repair the

blueprint of life, DNA, the healthy core of which is
six-sided crystal hexagonal clustered water.
Readers may also be interested to learn that

Beethoven, like his Masonic mentors, most likely

created his masterpieces transposing the mathemat-

ics encoded in the Bible, and elsewhere, into musi-

cal scores.

IV. SOUND POWER
A. Health and human factors

Orthodox medical science has found great benefit in
sending sound waves into the human body (for purposes
such as therapeutic ultrasound, lithotripsy, or excising tumors
depending on the wave form and intensity), monitoring the
sounds that come from it (heartbeats, otoacoustic emissions,
etc.), or doing both at the same time (ultrasound imaging). A
“cargo cult” version of this process seems to have developed
among some alternative practitioners, variously known as vi-
bration retraining, vibrational medicine, or sound therapy. As
Sharry Edwards of Sound Health Inc. explains on her
website™

Each person possesses unique harmonics of fre-

quency that can be expressed through the voice.

However, when these complex frequencies of the

body become unbalanced, the voice primarily re-
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flects this altered state, and the body manifests it as

dis-stress or dis-ease at the structural and biochemi-

cal levels.

In reality, there are no solids. We exist in a universe

that consists entirely of energy. Einstein proved this.

Frequency defines it. Frequency, as vibrational

medicine, is at the heart of the world of wellness as

we know it.

The details of this therapy vary somewhat among practitio-
ners but the principle appears to be that diseases can be di-
agnosed by spectral analysis of the voice, and then cured by
playing back the necessary sounds. The same website says:

Experiments have been repeated that show that in-

troducing a person to the frequency formula for nia-

cin, a nutritive substance, can cause a niacin-like

skin flushing; the same as if the person actually in-

gested the nutrient.

This is a claim which, if confirmed by a double blind, ran-
domized, placebo-controlled clinical study would be a sig-
nificant challenge to explain. So far, however, none have
been reported in any reputable peer-reviewed journal. An-
other sound therapist, whom I had the interesting experience
of interviewing, informed me that playing the correct sounds
through a domestic loudspeaker to a test-tube of blood could
change the level of uric acid in it to a measurable extent.

It can be difficult for legitimate scientists to know how
to respond to such grandiose but ridiculous claims. To test
every such claim would be an unconscionable drain on time
and resources, and would in many cases unjustly dignify the
claimant’s position, but to deny the claim without testing it is
open to mischaracterization as closed-mindedness or fear of
new ideas. Fortunately there is a third way: the magician24
and skeptic James Randi’s Educational Foundation offers a
one million dollar prize for a demonstration under an agreed
protocol of any such paranormal power. The progress of ap-
plicants can be followed through the foundation’s website.”
Any scientist faced with an unreasonable but in principle
testable claim can suggest that they win the million dollar
challenge, thus impressing scientists the world over, instead
of having to convince them one at a time. Of course, many
excuses for not taking the challenge are offered; as one wag
put it “if it ducks like a quack, it probably is a quack.”
Strangely, no practitioner of vibrational healing or any of its
variants has been successful, and to the best of my knowl-
edge none have ever applied.

One amusing effect of the prevalence of such ideas can
be seen in the warning added to the website of one supplier
of scientific tuning forks:

These tuning forks are intended for science and en-

gineering applications; we cannot guarantee their

performance for any other uses or for metaphysical
expectations.

B. Snake oil for the ears

The fact that the human auditory system is connected to
the human brain makes it a marvellous subject for study, but
it also means that we are capable of being fooled about what
we are listening to. This, among other factors, has made
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FIG. 4. Stretched wires in the ceiling of a church in San Jose, CA (Ref. 27).

objective assessment of subjective listening experiences very
difficult, and easily swayed by suggestion, a fact that is ex-
ploited by many purveyors of devices that purport to im-
prove sound.

Architectural acoustics was prey to a form of this delu-
sion as recorded by Sabine:*’

The stretching of wires is a method [for remedying

acoustical difficulties] which has long been em-

ployed, and its disfiguring relics in many churches
and court rooms proclaim a difficulty which they

are powerless to relieve. Like many other traditions,

it has been abandoned but slowly. The fact that it

was wholly without either foundation of reason or

defense of argument made it difficult to answer or

to meet. The device, devoid on the one hand of

scientific foundation, and on the other of successful

experience, has taken varied forms in its applica-
tion. Apparently it is a matter of no moment where

the wires are stretched or in what amount. There are

theatres and churches in Boston and New York in

which four or five wires are stretched across the
middle of the room; in other auditoriums miles on
miles of wire have been stretched; in both it is
equally without effect. In no case can one obtain
more than a qualified approval, and the most earnest
negatives come where the wires have been used in

the largest amount. Occasionally the response to in-

quiries is that “the wires may have done some good

but certainly not much,” and in general when even

that qualified approval is given the installation of

the wires was accompanied by some other changes

of form or occupancy to which the credit should be

given.

A photograph of such an installation, taken from Sabine’s
collected papers, is shown in Fig. 4.

Many readers will know of the long debate over the
importance of Stradivari’s varnish to the sound of his violins.
Consider, then, the claims made by luthier Dieter Ennemoser
for his C37 varnish:*®

All attempts by science to explain the secrets of the

character of sound have so far been unsuccessful.

[...] The imperative selection of the right materials

(wood and varnish quality) raised the question

about the existence of a reference property. I even-

tually discovered that human bones and tissue to
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possess similar qualities. A more detailed analysis

showed that carbon is the decisive element in sound

quality, and since the sound is also coloured by
body temperature, I chose to call this property the

C37 structure. (Where C=Carbon and 37=body

temperature in degrees Centigrade). Further analysis

showed that C37 frequencies lie very close together

(at least 10 frequencies per octave) and this struc-

ture reoccurs in each octave.

This apparently miraculous (but, naturally, expensive) sub-
stance apparently improves the sound of anything it is ap-
plied to, not just violins but loudspeaker cones and even
Hi-Fi volume controls.

Once the sound has left the loudspeaker it still needs to
survive transmission through the room.”’

Brilliant Pebbles is a unique room & system tuning

device for audio systems and satellite TV. Original

(Large) Brilliant Pebbles is a 3-inch clear glass

bottle containing various minerals/stones. A number

of highly-specialized, proprietary techniques are

used for preparation/assembly. Brilliant Pebbles acts

as both a vibration “node damper” and EMI/RFI

absorber via various atomic mechanisms in the

crystal structures. On the floor in room corners,

Large Brilliant Pebbles reduces comb filter effects

caused by very high sound pressure levels that oc-

cur in the corners when music is playing. Large

Brilliant Pebbles is also effective on tube and solid

state amps, on speaker cabinets, on armboards of

turntables and on tube traps and Room Lenses.
The doyen of this field is Peter Belt, whose products have a
small but devoted band of followers who seem to be con-
vinced beyond doubt that their listening experience has been
enhanced by the use of his products. And how could they
not, after all: >

Any series of identical species of living objects are

linked by Nature irrespective of their location

within the world. This applies equally to inanimate
objects such as identical Compact Discs, vinyl
records, printed objects etc. The energy pattern
emanating from such man made objects has simi-
larities to those same living objects to which our
senses evolved. The man made objects have, how-
ever, some energy patterns which are dissimilar

from those emanating from living objects. Placing a

strip of the new type ‘Real’ Foil on these man made

objects within the listening room interjects a

changed energy pattern which allows the senses to

respond as though the man made object had the
same energy pattern as a living object.
If the actual effects of these foil strips, jars of stones and
varnish might seem negligible the prices charged for them
are certainly not; readers are invited to guess what they
might be before investigating for themselves.

Of course, the actual value of any such device can be
separated from the psychological effect of its presence (and
price) on the listener by careful double-blind testing. Sadly
this is strongly resisted by a significant proportion of the
audiophile community. Until it becomes commonplace it will
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be hard for those who seek to improve Hi-Fi systems by
legitimate means to distinguish themselves from those who
just sell false hope. As a last psychosociological note it is
worth pointing out that such devices are given short shrift in
the world of professional audio systems, where the audience
neither knows nor cares what has been done to the equip-
ment, and is therefore immunized to the power of suggestion.

V. CONCLUSIONS

We are unlikely to see another Wilford Hall or Battell
arguing that the fundamental theories of acoustics are mis-
taken, because acoustics is no longer sufficiently novel. Con-
trarians have long since moved on the denying the validity of
relativity, quantum physics, and cosmology. But fantastical
powers are still regularly ascribed to acoustic and vibratory
phenomena that can be understood with elementary physics.
Furthermore, the language of acoustics forms a significant
part of the new-age lexicon, replete as it is with resonance,
harmony, vibration, waves (all good), and rays (usually bad).
Without evidence I can only offer the conjecture that this is
because this mindset saw a great growth in popularity in the
1960s and 1970s, when supersonic flight was front page
news—if the TV series Dr Who were starting today I do not
think its hero would depend on a sonic screwdriver. In the
present day a key goal of scientists and educators is clear: to
ensure that our students (in the broadest sense of the word)
are equipped with the critical thinking skills necessary to
avoid falling into any of the traps listed here, or becoming
ensnared in others of their own making.
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This paper concerns the ultrasonic characterization of human cancellous bone samples by solving
the inverse problem using experimental transmitted signals. The ultrasonic propagation in
cancellous bone is modeled using the Biot theory modified by the Johnson et al. model for viscous
exchange between fluid and structure. The sensitivity of the Young modulus and the Poisson ratio
of the skeletal frame is studied showing their effect on the fast and slow wave forms. The inverse
problem is solved numerically by the least squares method. Five parameters are inverted: the
porosity, tortuosity, viscous characteristic length, Young modulus, and Poisson ratio of the skeletal
frame. The minimization of the discrepancy between experiment and theory is made in the time
domain. The inverse problem is shown to be well posed, and its solution to be unique. Experimental
results for slow and fast waves transmitted through human cancellous bone samples are given and

compared with theoretical predictions. © 2006 Acoustical Society of America.

[DOL: 10.1121/1.2335420]

PACS number(s): 43.20.Bi, 43.20.Hqg, 43.20.Jr, 43.80.Cs [TDM]

l. INTRODUCTION

Osteoporosis is a degenerative bone disease associated
with biochemical and hormonal changes in the aging body.
These changes1 perturb the equilibrium between bone appo-
sition and bone removal, resulting in a net decrease in bone
mass. This leads to a modification of the structure (porosity,
trabecular thickness, connectivity, etc.) and, to a lesser ex-
tent, the composition (mineral density) of the bone. These
changes result in a decrease of the mechanical strength of
bone and in an increase of the risk of fracture. Osteoporosis
mainly affects the trabecular bone (located at the hip, verte-
brae, or heels, for instance). Early clinical detection of this
pathological condition is very important to insure proper
treatment.
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The primary method currently used for clinical bone as-
sessment is based on x-ray absorptiometry, and measures to-
tal bone mass at a particular anatomic site.” Because other
factors, such as architecture, also appear to have a role in
determining an individual’s risk of fracture, ultrasound is an
alternative to x-rays that has generated much attention.™* In
addition to their potential for conveying the architectural as-
pects of bone, ultrasonic techniques also may have advan-
tages in view of their use of nonionizing radiation and inher-
ently lower costs, compared with x-ray densitometric
methods. Although ultrasonic methods™ " appear promising
for noninvasive bone assessment, they have not yet fulfilled
their potential. Unfortunately, a poor understanding of the
ultrasound interaction with bone has become one of the ob-
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stacles preventing it from being a fully developed diagnostic
technique. Despite extensive research on the empirical rela-
tionship between ultrasound and the bulk properties of bone,
the mechanism of how ultrasound physically interacts with
bone is still unclear.

Since trabecular bone is an inhomogeneous porous me-
dium, the interaction between ultrasound and bone is a
highly complex phenomenon. Modeling ultrasonic propaga-
tion through trabecular tissue has been considered using po-
rous media theories, such as Biot’s theory.]6’l7 The Biot
theory is an established way of predicting ultrasonic propa-
gation in an inhomogeneous material and was originally ap-
plied to fluid saturated porous rocks for geophysical testing.
The Biot model treats both individual and coupled behavior
of the frame and pore fluid. Energy loss is considered to be
caused by the viscosity of the pore fluid as it moves relative
to the frame. The model predicts that the sound velocity and
attenuation in a two phase media will depend on frequency,
the elastic properties of the constituting materials, porosity,
permeability, tortuosity, and effective stress. This method
should allow us to relate the physical parameters of our po-
rous medium to ultrasonic velocity and attenuation. The Biot
theory has been applied to trabecular bone with varying de-
grees of success.'** This theory predicts two compressional
waves: a fast wave, whereby the fluid (blood and marrow)
and solid (calcified tissue) move in phase, and a slow wave
whereby the fluid and solid move out of phase. McKelvie'®?!
predicted qualitatively the dependence of attenuation upon
ultrasound frequency in cancellous bone; the attenuation val-
ues were of the right order of magnitude, but did not repro-
duce the full range of experimental values observed in natu-
ral tissues. However, McKelvie'®?' was unable to predict
correctly the trends in ultrasound velocity. Hosokawa and
Otani®® obtained better results by comparing the theoretical
predictions using Biot theory and experiments for the wave
velocities (fast and slow) than for the acoustic attenuation.
Williams' used a limited formulation of Biot theory to cal-
culate velocities alone and found good agreement for the fast
wave velocity to predict experimental values obtained from
tibial and femoral bovine cancellous bone samples. An ex-
cellent review of the application of Biot theory to ultrasound
propagation through cancellous bone is given by Haire and
Langton in Ref. 22.

In this paper, the ultrasonic characterization of human
cancellous bone is investigated using the modified®” Biot
theory. The inverse problem is solved in the time domain
using experimental transmitted signals. Five parameters are
inverted: porosity, tortuosity, viscous characteristic length,
Young modulus, and Poisson ratio of the skeletal frame. Ex-
perimental results are compared with theoretical predictions,
giving a good correlation.

Il. MODEL

The equations of motion of the frame and fluid are given
by the Euler equations applied to the Lagrangian density.

Here i and U are the displacements of the solid and fluid
. . 17,26
phases. The equations of motion are
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wherein P, O, and R are generalized elastic constants which
are related, via Gedanken experiments, to other, measurable
quantities, namely ¢ (porosity), K, (bulk modulus of the pore
fluid), K, (bulk modulus of the elastic solid), and K (bulk
modulus of the porous skeletal frame). N is the shear modu-
lus of the composite as well as that of the skeletal frame. The
equations which explicitly relate P, Q, and R to ¢, K, K|,
K}, and N are given by

Ut /LA
1_¢__ d’](f 3

K

0=(1-¢-2)oK,[1-¢-+¢5. R=¢K,[1-4

ﬁ+ ¢% .The Young modulus and the Poisson ratio of
the sohd E,, v, and of the skeletal frame E,, v, depend on the
generalized elastic constant P, Q, and R via the relations

E, E, E,

Ki=—""——, K,= , = . (3)
3(1-2vy) 3(1-2v,) 2(1+ v)
Pmn are the “mass coefficients” which are related to the den-
sities of solid (p,) and fluid (p;) phases by p;;+p;p=(1
—@)p, and pi+pr=dp;. The coefficient p, represents the
mass coupling parameter between the fluid and solid
phases and is always negative p;,=—¢pla—1), a being
the tortuosity of the medium. To express the viscous ex-
changes between the fluid and the structure which play an
important role in damping the acoustic wave in porous
material, the tortuosity « becomes a function of fre-
quency, called the dynamic tortuosityzsf28 a(w). The parts
of the fluid affected by this exchange can be estimated by
the ratio of a microscopic characteristic length of the me-
dium, for example pore size, to the viscous skin depth
thickness 5:(27]/wpf)”2 (7:fluid viscosity, w: angular fre-
quency). This domain corresponds to the region of the
fluid in which the velocity distribution is disturbed by the
frictional forces at the interface between the fluid and the
frame. At high frequencies, the viscous skin thickness is
very thin near the radius of the pore r. The viscous effects
are concentrated in a small volume near the surface of the
frame 6/r<<1. In this case, the expression of the dynamic
tortuosity a(w) is given by>

12
a(w):aw{l+%<jwiw> }, (4)

wherein «,, is the tortuosity and A is the viscous character-
istic length.25
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FIG. 1. Problem geometry.

For a slab of cancellous bone occupying the region 0
<x=<UL (Fig. 1), the incident p'(¢) and transmitted p'(¢) fields
are related in the time domain by the transmission scattering
operator T+

pt(x,t)=ft T(T)pi|:t— T— (X_L)]dr, (5)
0

Co

where ¢, is the velocity outside the porous material. The
transmission operator is independent of the incident signal
and depends only on the properties of the cancellous bone. In
the frequency domain, the expression of the transmission co-

efficient 7(w), which is the Fourier transform of T is given
by26

jo2pcoFy(w)
[jwprOF4(w)]2 - [ij3(w) - 1]2 '

where F,(w) and F;(w) are given in the Appendix.

In the next section, we solve the inverse problem and
recover the physical parameters describing the propagation,
using the theoretical expression of the transmission coeffi-
cient and the experimental transmitted waves propagating
through human cancellous bone samples.

Tw) = (6)

lll. INVERSE PROBLEM

As seen in the previous section, within the framework of
the modified Biot theory, the propagation of ultrasonic waves
in a slab of cancellous bone is conditioned by many param-
eters: porosity ¢, tortuosity «.,, viscous characteristic length
A, fluid viscosity 7, Young’s modulus of the elastic solid E|,
Young’s modulus of porous skeletal frame E;, Poisson’s ratio
of the elastic solid v, Poisson’s ratio of the porous skeletal
frame v, the solid density p,, the bulk modulus of the satu-
rating fluid K, and the fluid density p;. It is therefore impor-
tant to develop new experimental methods and efficient
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FIG. 2. Incident signal.
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FIG. 3. Spectrum of the incident signal.

tools®*?° for their estimation. The basic inverse problem as-
sociated with the slab of cancellous bone may be stated as
follows: from measurements of the signal transmitted outside
the slab, find the values of the medium’s parameters.

Solving the inverse problem for all the Biot parameters
using only the transmitted experimental data is difficult, if
not impossible. To achieve this task, requires more experi-
mental data for obtaining a unique solution. For this reason,
in this contribution we limit the inversion to the five param-
eters: E,, v, ¢, a.,, and A. In our previous paper,26 we stud-
ied the sensitivity of transmitted wave forms to variations of
¢, a.., and A. The sensitivity of E, and v, is examined in the
next paragraph.

Consider a sample of cancellous bone having the follow-
ing characteristics: thickness L=12.5 mm, ¢=0.9, a,=1.13,
7=10"kgms™', p=1000 kgm™, A=8 um, p,=1990
kg m73, Kf=2.4 GPa, v,=0.35, E;=10 GPa, 1,=0.25, and
E,=4.16 GPa. The incident signal used in the simulation is
exhibited in Fig. 2 and its spectrum in Fig. 3. A simulated
transmitted signal can be calculated in the time domain using
Eqgs. (5) and (6). Employing the incident signal given in Fig.
2, and the Biot parameters given below, we present in Fig.
4(a) comparison between two simulated transmitted signals
corresponding to a Young modulus of the porous skeletal
frame, E,=4.16 GPa (solid line) and E,=2.08 GPa (dashed
line). The fast and slow waves can be easily identified. The

0.15¢
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Amplitude (V)
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-0.151

4.6 4.8 5 52 54 56 58
Time (s) x 107

FIG. 4. Comparison between simulated transmitted signals corresponding to
E,=4.16 GPa (solid line) and E,=2.08 GPa (dashed line).
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FIG. 5. Comparison between simulated velocities of the fast and slow waves
corresponding to E,=4.16 GPa (solid line) and E,=2.08 GPa (dashed line).

simulation shows that by decreasing the value of E,, the
attenuation of the slow wave increases, while the amplitude
of the fast wave remains unchanged.

In Fig. 5(a) comparison is made between the simulated
velocities of the fast and slow wave, respectively, for E,
=4.16 GPa (solid line) and E,=2.08 GPa (dashed line). It is
seen that the two velocities are sensitive to the Young modu-
lus of the skeletal frame, especially the fast wave.

When the Poisson ratio of the porous skeletal frame v,
decreases by 50% of its initial value, the transmitted signal
changes also. Figure 6 compares the transmitted signals for
two Poisson ratios. The first one (solid line) corresponds to a
Poisson ratio v,=0.25 and the second one (dashed line) to a
Poisson ratio of v,=0.125. It can be seen that the arrival
times of the slow and fast wave have changed. By decreasing
the Poisson ratio value, the velocities of the two waves be-
come lower. Figure 7 illustrates the decrease of the two ve-
locities in the frequency bandwidth of the incident signal
used in the simulation. We also note (Fig. 6) that the ampli-
tude of the slow wave is much attenuated when the Poisson
ratio decreases, while a very small change appears for the
amplitude of the fast wave.

The sensitivity of E, and v, with respect to the transmit-
ted wave depends strongly on the coupling between the solid
and fluid phases of the porous material and thus on the other
parameters which were kept constant during this study. This
analysis indicates a real sensitivity of transmitted wave
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FIG. 6. Comparison between simulated transmitted signals corresponding to
v,=0.25 (solid line) and v,=0.125 (dashed line).
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FIG. 7. Comparison between simulated velocities of the fast and slow waves
corresponding to v,=0.25 (solid line) and v,=0.125 (dashed line).

forms to E, and v, (i.e., to the attenuations and velocities of
fast and slow waves), so that it may be possible to solve the
inverse problem for Ej, and v,

The solution of the direct problem involves the transmis-
sion coefficient expressed as a function of the physical pa-
rameters. The inversion algorithm for identifying the values
of the slab parameters in the transmitted mode is based on
the procedure: find the values of the parameters ¢, a.,, A, Ep,
and v, such that the transmitted signal describes the scatter-
ing problem in the best possible way (e.g., in the least-square
sense). The inverse problem is to find the parameters
¢, a,, A, E,, and v, which minimize the discrepancy func-
tion

t
U(¢’ aOC7A?Eb7 Vb) = f [p{cxp(x’ t) _pt(x7 t)]zdt7
0

where péxp(x,t) is the experimentally determined transmit-
ted signal and p’(x,t) the transmitted wave predicted from
Eq. (5). However, because the equations are strongly non-
linear, the solution of the inverse problem using the con-
ventional least-square method cannot be found analyti-
cally. In our case, a numerical solution of the least-square
procedure consists in minimizing U(¢, a.,A,E,,v;,) de-
fined by
i=n

U(¢’ aOC’Avav Vb) = E [ngp(x’ti) _pf('xv ti)]z’ (7)
i=1

wherein péxp(x,ti),-ﬂ,z,mﬂ is the discrete set of values of the
experimental transmitted signal and p(x,7;),-;». ., the dis-
crete set of values of the simulated transmitted signal. The
next section deals with the solution of the inverse problem
based on experimental transmitted data. For the iterative
solution of the inverse problem, we used the simplex
search method (Nedler Mead)®' which does not require
numerical or analytic gradients.

IV. ULTRASONIC MEASUREMENTS

As an application of this model, some numerical simu-
lations are compared with experimental results. Experiments
are performed in water using two broadband Panametrics A
303S plane piezoelectric transducers with a central frequency
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FIG. 8. Experimental setup for ultrasonic measurements.

Triggering

of 1 MHz in water, and diameter of 1 cm. 400 V pulses are
provided by a 5058PR Panametrics pulser/receiver. Elec-
tronic interference is removed by averaging 1000 acquisi-
tions. The experimental setup is shown in Fig. 8. The
parallel-faced samples were machined from femoral heads
and femoral necks of human cancellous bone. The liquid in
the pore space (blood and marrow) is removed from the bone
sample and substituted by water. The size of the ultrasound
beam is very small compared to the size of the specimens.
The emitting transducer insonifies the sample at normal in-
cidence with a short (in time domain) pulse. When the pulse
hits the front surface of the sample, a part is reflected, a part
is transmitted as a fast wave, and a part is transmitted as a
slow wave. When any of these components, traveling at dif-
ferent speeds, hit the second surface, a similar effect takes
place: a part is transmitted into the fluid, and a part is re-
flected as a fast or slow wave. The experimental transmitted
wave forms are traveling through the cancellous bone in the
same direction as the trabecular alignment (x direction). The
fluid characteristics®® are: bulk modulus K +=2.28 GPa, den-
sity p;=1000 kg m™, viscosity 7=107 kgm s~

Consider a sample of human cancellous bone M1 (femo-
ral neck) of thickness 11.2 mm and solid density p;
=1990 kg m~>. The Young’s modulus E,=13 GPa and Pois-
son ratio v;=0.3 of the solid bone are taken from the
literature.® Figure 9 shows the experimental incident signal.
The inverse problem is solved by minimizing the function
U(¢,a.,,\ E,,v,) given by Eq. (7). A large variation range
is applied of each estimating parameter value in solving the

o
4]
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o
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Time (s} %107

FIG. 9. Experimental incident signal for bone sample M1.
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FIG. 10. Variation of the minimization function U with the viscous charac-
teristic length A and the Young modulus of the skeletal frame E,,.

inverse problem. The variation range of the parameters is:
a,e[1,2],A e[1,200] um, ¢ [0.5,0.99],v[0.1,0.5],

and E, €[0.5,5]GPa. The variations of the cost function
with the physical parameters present one clear minimum cor-
responding to the mathematical solution of the inverse prob-
lem. This shows that the inverse problem is well posed math-
ematically, and that the solution is unique. The minima,
corresponding to the solution of the inverse problem, are
clearly observed for each parameter. After solving the in-
verse problem, we find the following optimized values: ¢
=0.64, a,=1.018, A=10,44 um, v,=0.28, and E,
=4.49 GPa. Using these values, we present in Figs. 10-14
the variations in the discrepancy function U with respect to
two values of the inverted parameters. For showing clearly
the solution of the inverse problem, the variation of U in
Figs. 10-14 is given only around the minima values of the
inverted parameters. In Fig. 15, a comparison is made be-
tween the experimental transmitted signal and the simulated
transmitted signals using the reconstructed values of
a,, P, N\, v, and E,. The difference between the two curves
is small, which leads us to conclude that the optimized val-
ues of the physical parameters are correct. The fast and slow
waves predicted by the Biot theory are easily detected in the
transmitted signal. The slow wave seems to be less attenu-
ated than the fast wave. In the other applications,32 the slow
wave is generally more attenuated and dispersive than the
fast wave. We usually observe the opposite phenomena for

FIG. 11. Variation of the minimization function U with the Young modulus
of the skeletal frame E, and the tortuosity a..
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FIG. 12. Variation of the minimization function U with the viscous charac-
teristic length A and the tortuosity a.,.

cancellous bone samples; this can be explained by the differ-
ent orders of magnitude of the physical parameters (high
porosity, low tortuosity, etc.).

Let us now solve the inverse problem for sample M2
(femoral neck) of thickness 12 mm. By solving the inverse
problem, the obtained optimized values are: ¢=0.79, a..
=1.052, A=10,12 um, v,=0.25, and E,=2.47 GPa. Figure
16 shows a comparison of experimental transmitted signal
and a simulated signal obtained by optimization after solving
the inverse problem. Here, again, the correlation between
theoretical predictions and experimental data is satisfactory.

Using another sample of cancellous bone (femoral head)
M3 of thickness 10.2 mm. The results after solving the in-
verse problem are: $=0.72, a,=1.1, A=14.97 um, v,
=0.22, and E,=3.1 GPa. In Fig. 17, we compare the experi-
mental transmitted signal to the transmitted simulated signal
using reconstruct values of the physical parameters. The cor-
relation between the two curves is excellent.

In a second step, the bone samples are drained and their
physical parameters (¢, a.,, A, Ep, and v,) are measured by
tetchnique:SZ()’33‘34 developed initially for air-saturated porous
materials such as plastic foams and fibrous mats. When the
liquid saturating the cancellous bone is drained from the
pores and replaced by air, partial decoupling of the Biot
waves occurs”>?® due to the tremendous difference in density
between the frame and air. The fluid particles do not have
enough mass to generate motion in the heavy solid frame,
and thus the slow wave propagates in the fluid wherein it is

Log (U)

10

; 75 8
o A (um)

FIG. 13. Variation of the minimization function U with the porosity ¢ and
the viscous characteristic length A.
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FIG. 14. Variation of the minimization function U with the Poisson ratio v,
and the Young modulus of the skeletal frame E,,.

detected (in noncontact manner) by a transducer. The three
parameters; a.,, ¢, and A are determined by measuring the
slow wave propagating in air-saturated cancellous bone. For
example, the porosity ¢ and the tortuosity «., are determined
by measuring the wave reflected by the first interface of the
bone sample at oblique incidence.* The viscous characteris-
tic length A is evaluated by measuring the transmitted
wave.>* With contact excitation,20 the fast wave travels in the
solid frame and some air particles move along with the
frame. The velocity of the fast wave approaches the velocity
in the frame as measured in vacuum and is given by v,
= \J/(K;,+4/ 3N)/(1-¢)p,. By measuring the fast wave veloc-
ity of a sample whose pores are filled with air one finds K,
+4/3N. The shear modulus N can be evaluated indepen-
dently by measuring the velocity of the shear wave. The
expression of the shear wave velocity is given by28 vy
=yN/(1-¢)p,. By measuring experimentally v; and vy, we
deduce K, and N, and then the values of E}, and v, using the
relations (3). The experimental values of the longitudinal and
transverse velocities v; and vy, for the bone samples M1,
M2, and M3, and their deduced values of E, and v, are
reported in the Table 1.

0.2
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; £ g
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FIG. 15. Comparison between the experimental transmitted signal (solid
line) and the simulated transmitted signals (dashed line) using the recon-
structed values of .., ¢, A, v,, and E,, (sample M1).
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FIG. 16. Comparison between the experimental transmitted signal (solid
line) and the simulated transmitted signals (dashed line) using the recon-
structed values of a.,, ¢, A, v, and E,, (sample M2).

A comparison between the optimized values of ¢, w.,
A, v, and E, obtained by solving the inverse problem, and
those evaluated with drained bone samples is given, for the
three samples M1,M2, and M3 in the Table II. It can seen
that the optimized values obtained by solving the inverse
problem are close to those obtained for the drained bone
samples. Except for the viscous characteristic length value of
the specimen M2, for which the discrepancy is of 50%. To
note that the viscous characteristic length is the most difficult
parameter to obtain with a good precision. This parameter
depends strongly of the attenuation of transmitted wave by
drained cancellous bone, which is very important in air. The
simulated transmitted signals obtained using optimized val-
ues (Figs. 15 and 17) reproduce correctly the experimental
transmitted signals. This leads us to conclude that this
method is well adapted for the characterization of cancellous
bone.

In the former studies, McKelvie'®?' demonstrated that
predictions by the Biot theory agreed better with experimen-
tal results obtained from calcaneus than predictions made by
scattering theories. The authors'*?! predict correctly the
acoustic attenuation but not the trend in ultrasound velocity.
Conversely, Williams' found good results for the prediction
of the fast wave velocity using a limited formulation of the
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FIG. 17. Comparison between the experimental transmitted signal (solid
line) and the simulated transmitted signals (dashed line) using the recon-
structed values of a.,, ¢, A, v, and E,, (sample M3).
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TABLE I. Experimental values of the longitudinal and transverse velocities
vy and vy, for the air-saturated bone samples M1, M2, and M3, and their
deduced values of E;, and v,

Cancellous bone samples M1 M2 M3
Longitudinal wave velocity v; (m/s) 3031 2797 2149
Shear wave velocity vy (m/s) 1573 1486 1381
Young modulus of the skeletal frame: 4.65 2.4 2.59
E, (GPa)

Poisson ratio of the skeletal frame: v, 0.31 0.24 0.21

Biot theory from tibial and femoral bovine cancellous bone
samples. Williams'"® expanded his formulation of the Biot
theory to consider attenuation using the formulation of dy-
namic tortuosity25 (used in this paper). Good agreement for
the fast wave velocity was again found. For attenuation, al-
though the predicted trends were similar to those observed
experimentally in cancellous bone, the experimental values
were considerably higher than those predicted by the Biot
theory. Hosokawa and Otani* obtained better results for the
wave velocities (fast and slow) than for the acoustic attenu-
ation. In most of these studies, the authors do not take into
account the losses dues to the reflections at the interfaces by
considering the reflection and transmission by a slab of can-
cellous bone. In addition, to our knowledge, the inverse
problem was not considered for the determination of the
physical parameters from experimental data.

In our previous paper,26 we attempted to apply the
modified” Biot theory for solving the direct problem of the
ultrasonic propagation in human cancellous bone. The direct
scattering problem involves determining the scattered field as
well as the internal field, arising when a known incident field
impinges on a cancellous bone with known physical proper-
ties. The reflected and transmitted fields are deduced from
the internal field and boundary conditions. In the present
paper, we attempt to solve the inverse problem for determin-
ing the value of the medium’s parameters using the incident
and transmitted experimental data. In this characterization
problem, the losses due to reflections at the interfaces of the
samples, and those due to viscous exchange between fluid
and structure are taken into account. The comparison be-
tween experimental and theoretical attenuations and waves
velocities (fast and slow) are given simultaneously in time
domain using the transmitted signals. The results obtained in
this study are encouraging for the ultrasonic characterization
of cancellous bone, we will try in the future to consider the
experimental reflected waves.

V. CONCLUSION

In this paper the characterization of cancellous bone is
treated by solving the inverse problem numerically using ex-
perimental transmitted signals. Five physical parameters (po-
rosity ¢, tortuosity a.., viscous characteristic length A, Pois-
son ratio v, and Young modulus of the skeletal frame E,) are
inverted. The sensitivity analysis of v, and E, was studied in
this paper, showing the importance of the values of these
parameters in fast and slow wave arrival times (speeds) and
attenuation, respectively. The optimized values of the physi-
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TABLE II. Comparison between the optimized parameters of the bone samples M1, M2, and M3 obtained by
solving the inverse problem and those evaluated with drained bone samples.

Parameters and methods E, (GPa) 7 1) ., A(um)
Inverse problem (M1) 4.49 0.28 0.64 1.018 9.1
Drained bone (M1) 4.65 0.31 0.71 1.02 10.44
Inverse problem (M?2) 247 0.25 0.79 1.052 10.12
Drained bone (M2) 24 0.24 0.75 1.045 15
Inverse problem (M3) 3.1 0.22 0.64 1.1 14.97
Drained bone (M3) 2.59 0.21 0.59 1.08 19.5

cal parameters are compared with those obtained with tech-
niques developed initially for air-saturated porous material
(drained bone) given a good results. The comparison be-
tween experiment and theory validate the proposed method.

APPENDIX: EXPRESSION OF THE TRANSMISSION
COEFFICIENT

The expression of the transmission coefficient is given

by26
a jo2pcoFy(w)
)= o (@)~ LwFsw) — 1
where
Fw)={1+ ¢[T(w) - 1]}
NPy ‘I’i(w) 2 _
X VM) sinh(IV\ () ¥(w)’ L2

The functions J,(w) and J,(w) are given by

F3(w) = pyeolFy (w)cosh[ N\ (w)]
+ Fy(@)cosh[\ Ay ()11
Fy(o) =F (o) + Fy(o).
The functions \;(w) and \,(w) are given by
A(w) = %[— T+ 1jw)’?

(7 -4m)0* + 2(rymy - 27) (j) " + B(jw)’],

A(w) = %[— T0 + 1(jw)’?

+V(Z =410t +2(rymy - 27) (jw) 2 + 2(j0)*],

with
T=R'py1+P'pp—20"pp,

7=(P'R' = Q"*)(p11pn-p1),
and 7w =A(P'R' - sz) (p11+ P2 —2p12).
Coefficients R’, P’, and Q' are given by
R

R’: N ,:
PR - Q? Q

=A(P'+R +2Q),

and P'=

PR - Q% PR-Q*

(275 - Tl)w2 +(1p— 27’6)00))3/2 - \'/(7% - 47’3)604 +2(7 17— 274)00))7/2 + 7%(1'0))3

k]

k)

)= 20 rya et j™]
7 () = Q2rs— 1)+ (1) — 27'6)(]'(»)3/2 + \/(7% - 473)004 +2(77 — 274)(]'(»)7/2 + 7%(]'(1))3
T 2= 7y’ = 75(jw)*]
[
where

75=(R'p;1—0'p1)) Te=AR'+Q'),

m=(R'p1a—0'px).

The coefficients ¥ (w),¥,(w), and ¥(w) are given by
V(o) = ¢pZy(w) = (1 = $)Zy(w),
Vy(w) = (1 - $)Z3(0) - ¢Z)(w),
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V(w) =2[Z)(0)Z4(w) = Z)(w)Z3(w) ],
and the coefficients Z;(w), Z,(w), Z;(w), and Z4(w) by

Z{(0) =[P+ Q0T (o) I\ (),
Zy(0) =[P+ 0TF(w) \y(w),
Z3(w) =[Q +RT (0) ]\ (o),
Zy(0) =[Q + RI(w) N y(w).
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Theory of sound propagation from a moving source
in a three-layer Pekeris waveguide
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A theory is developed for the acoustic field in a three-layer waveguide, representing the atmosphere,
shallow ocean and sediment. The unaccelerated source is moving horizontally in the atmosphere.
Two solutions are presented. The first, for a line source normal to the direction of travel, is a single
wavenumber integral yielding the two-dimensional (2-D) field in each layer; and the second, for a
point source, is a double wavenumber integral for the 3-D field in each layer. In both cases, the
moving-source dispersion relationship for the three-layer environment is derived. From the 2-D
dispersion relation, asymmetries fore and aft of the source, due to source motion, are shown to exist
in the field in all three layers. In the water column, complex Doppler effects modify asymmetrically
the effective depth of the channel and hence also the mode shapes. Evidence of the fore-aft modal
asymmetry appears in the high-resolution spectrum of the field in the channel, which exhibits
several sharp peaks on either side of the unshifted frequency, each associated with an up- or
downshifted mode. A numerical evaluation of the 3-D solution provides a graphic illustration of the
asymmetrical character of the field in all three layers. © 2006 Acoustical Society of America.

[DOL: 10.1121/1.2258095]

PACS number(s): 43.20.Bi, 43.30.Bp, 43.30.Es [AIT]

I. INTRODUCTION

The effects of source motion on the propagation of
sound in an infinite, homogeneous medium have been exam-
ined by a number of authors, for instance, Lowson,l Lep-
pington and Levine,” Morse and Ingard,3 Pierce,* and, of
course, Johann Doppler,5 for whom the frequency shift due
to source motion is named. Sound transmission from moving
sources in inhomogeneous media has also received consider-
able attention, particularly in connection with the deep
ocean,’™® where the sound speed profile creates an acoustic
waveguide known as the deep sound channel. Indeed, differ-
ential Doppler between individual peaks in very-long-range
(several thousand kilometer) ocean-acoustic transmissions
through the deep sound channel has been exploited by Dz-
ieciuch and Munk’ as a means of identifying ray arrivals.

Doppler effects in shallow-ocean waveguides have been
addressed by several authors, including Jacyna et al."®, who
adopted a ray argument to interpret the acoustic field in a
channel with a depth-dependent sound speed profile.
Neubert'' took a different approach, using normal modes to
investigate the effect of Doppler on long-range acoustic
tracking in oceanic channels; and a normal-mode theory of
acoustic Doppler effects in shallow oceanic waveguides has
been developed by Hawker.'> A more general problem was
considered by Schmidt and Kuperman,13 who derived a spec-
tral representation (wavenumber integral) for the field from a
horizontally moving source in a stratified oceanic waveguide
with multiple layers. As examples of their modeling tech-
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nique, they discuss a moving source and moving receiver in
a shallow water channel overlying a sedimentary half-space,
and also acoustic emissions from the Arctic ice cover.

It is implicit in most discussions of Doppler phenomena
in the ocean that the moving source is either on or beneath
the sea surface. Such sources generally move slowly relative
to the speed of sound in seawater, with typical Mach num-
bers of 0.01 or less, and hence the associated Doppler effects
are small if not negligible. By comparison, an airborne
acoustic source such as a light aircraft may produce more
significant Doppler effects, since the Mach number (in air) is
typically around 0.15, which is at least an order of magnitude
higher than that of a water-borne source.

From the early observations of Urick'* and Medwin,'
and more recently the measurements of Richardson et al.,'® it
is known that sound from an aircraft couples into the ocean
and is detectable on a submerged receiver. Moreover, Dop-
pler effects in aircraft sound in both the atmosphere and the
ocean have been observed by Ferguson,”’18 who made mea-
surements of the 68 Hz propeller-blade harmonic from a tur-
boprop, fixed-wing aeroplane as it flew over a microphone
mounted just above ground level and a hydrophone at a
depth of 20 m beneath the sea surface. On the microphone,
the difference-frequency between the upshifted tone on ap-
proach and downshifted tone on departure was found to be a
factor of about 4.5 greater than the corresponding difference
frequency on the hydrophone. This is consistent with a
simple ray argument, combined with Snell’s law for sound
penetrating the air-sea boundary, which shows that the
approach-departure difference frequency scales inversely
with the sound speed of the medium in which the observa-
tion is made. Thus, the 4.5:1 ratio of the difference frequen-

5
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cies observed by Fergusonw’18 on the microphone and hydro-

phone is, in fact, a measure of the sound speed in seawater
relative to that in air.

The relationship between the local speed of sound and
the Doppler difference frequency in a stratified medium has
been exploited recently by Buckingham et al. 1920 45 a means
of measuring the speed of sound in the sediment immediately
beneath the sea floor. In their experiments, the Doppler-
shifted engine and propeller harmonics from a single-engine,
light aircraft were detected on acoustic sensors located in the
atmosphere, the ocean and the sediment. An inversion tech-
nique, designated Doppler spectroscopy, was then used to
return the speed of sound in each of the three layers, along
with a number of other parameters, including the altitude and
speed of the aircraft.

In the early experiments, the Doppler spectroscopy
inversions were based on geometrical ray theory. Our pur-
pose in this paper is to improve on the rudimentary ray-based
analysis by developing a full wave-theoretic (forward) model
of the sound field from a moving airborne source in a strati-
fied, three-layer environment (atmosphere-ocean-sediment).
It will be shown that, in all three layers, Doppler effects give
rise to significant asymmetries in the acoustic field fore and
aft of the source. These asymmetric features are character-
ized in some detail in the discussion.

The basis of the model is as follows. A harmonic air-
borne source (an aircraft) is in horizontal, unaccelerated mo-
tion in a homogeneous, isotropic, semi-infinite atmosphere.
Beneath the atmosphere, the ocean is treated as a classic
Pekeris>' channel, with flat surface, uniform depth, and con-
stant sound speed. Below the water column is a homoge-
neous, isotropic semi-infinite fluid sediment.

In fact, two closely related wave-theoretic models are
discussed in the paper. To investigate the essential physics of
a moving source in a three-layer fluid medium, a two-
dimensional, analytical model is constructed, giving the
range, depth, and time dependence of the field from a mov-
ing, airborne line source oriented normal to the direction of
aircraft motion. This 2-D model yields a solution for the field
in each layer in the form of a single wavenumber integral.
Simple algebraic approximations are developed for these in-
tegrals, which provide valuable insight into the asymmetric
structure of the field in each layer fore and aft of the source.
Of course, asymmetries similar to those in the 2-D field are
also present in the 3-D field from a moving point source in
the atmosphere, which is treated in the second model. In the
3-D case, the field solutions are in the form of double wave-
number integrals. These field integrals are evaluated numeri-
cally to provide graphic illustrations of the fore-aft asymme-
try that exists in all three layers.

It is perhaps worth commenting on the double-integral
formulation of the 3-D field from the moving point source.
For the special case of a stationary source, the fore-aft asym-
metries vanish, the 3-D field is azimuthally uniform, varying
with only two spatial coordinates, range and depth, in which
case the solution in each layer may be expressed as a single
wavenumber integral. This is the form of solution developed
by Pekeris?' for his two-layer ocean-sediment problem.
When source motion is present, however, the axial symmetry
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FIG. 1. Three-layer (atmosphere-ocean-sediment) waveguide, showing the
Cartesian coordinate system and moving, unaccelerated sound source at
constant altitude z’ in the atmosphere (not to scale).
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is broken and the field is no longer azimuthally uniform. The
3-D field then depends on three spatial coordinates, giving
rise to a solution in each layer having the form of a double
wavenumber integral.

Il. SOLUTION FOR THE 2-D DOPPLER-SHIFTED
FIELD IN A THREE-LAYER WAVEGUIDE

Figure 1 shows the three-layer geometry to be consid-
ered in the following analysis. Regions 1, 2, and 3 represent
the atmosphere, seawater, and sediment, each with density p;
and sound speed c;, i=1,2,3. In the horizontal, x is the range
coordinate in the direction of source motion and y is the
direction normal to the source track. Depth (or altitude) is z,
increasing downward, with the origin z=0 at the sea surface.
The airborne source is at fixed altitude z=z' <0 and the sea-
bed is at a uniform depth z=h>0. A stationary, point re-
ceiver at (x,0,z) may be in any of the three layers. The
source, moving horizontally with constant (positive) speed V
in the positive x direction, is at horizontal range x’ when
time 7=0.

For the 2-D problem, the source is treated as an infinite
horizontal line normal to the source track, in which case
symmetry dictates that the field is everywhere independent
of y. Assuming a monotonic time dependence, possibly rep-
resentative of an aircraft engine or propeller harmonic, of
(unshifted) angular frequency (2, the 2-D wave equation is
written in Cartesian coordinates for each of the three layers
as follows:

P Ph_ 1P

-0,0z-2')
o a2 Aok
X8(x—x"=Ve'™, <0,
(1)
&+ & 1 &
Gt 500 ==, @
ox dz” ¢y ot
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where ¢;=,(x,z,1) is the velocity potential in the ith layer,
Q; is the source strength per unit length [with dimensions of
(length)?/time] and &(---) is the Dirac delta function. The
full time-dependent solution comes from adding a conjugate
source term to the right of Eq. (1) or, equivalently, by taking
the real part of the final expression for the field. The three
wave equations are to be solved subject to the boundary con-
ditions, namely that the pressure and normal component of
particle velocity should be continuous across the sea surface
and the seabed:

p161(0) = p2¢h-(0), (4)
$1(0) = 3(0), (5)
p2a(h) = p3¢b3(h), (6)
&3 (h) = ¢s(h), (7

where the abbreviated notation ¢;(u)=¢;(x,u,t) and ¢/ (u)
=d(x,z,1)/ az| .=, has been introduced.

Following an analysis similar to that in Buckingham and
Giddens,” the solutions of the wave equations are obtained
using standard integral transform techniques. The exact re-
sult for the field in each of the three layers takes the form of
a wavenumber integral:

QLeiQt ® ) ,

b2 =" f PR (), 10, m3)dp,
<0, (8)
QLbneim in(r—x’—

o (x,2,1) = el G Pa VO, (91, 172, m3)dp,
0<z<h, )
QLb13eim - in(r—x’ —

Blran=="_5—| e PO VIR (1, 70, 1) dp,

z>h, (10)

where the integration variable, p, is the horizontal wavenum-
ber and

\
=\ (ki =pB)* - p*
_Q
T ,i=1,23. (11)
1%
Bi=—
C; y

Thus, (7;,k;,[3;) are the Doppler-shifted vertical wavenum-
ber, the acoustic wavenumber, and the Mach number for
layer i=1,2, or 3. Note that the presence of source motion
introduces an asymmetry into the vertical wavenumbers, 7;,
in that they are mixed functions of p, rather than even func-
tions, as they would be if V were zero. The functions F; in
the integrands of Egs. (8) and (10) are

Fl(ﬂl’ 72, 773) =
m m

emiml=| N emimle| { (1 = by3ms)cos(mh) — l'(blﬂlg — by3 1 773)8in(7,h) } (12)
(1 + bysmz)cos(mh) + (b7 + byzmy m3)sin(ph) |

7, €08 75(h —z) + iby3 75 sin 1(h - 2)

Fy(ny,10,73) = eimz'{

and

nzei[nlz'—vs(z—h)]

. . > (13)
(91 + byzms)cos(mh) + i(bysmy 13+ byy13)sin( ) }

F3(771’ 72, 7]3) =

These expressions have been derived using the conventions

Im(7,) <0, i=1and3, (15)

which are radiation conditions ensuring that the solutions for
the field in the atmosphere and the sediment decay to zero in
the limit of high |z|. Note that all three of the F; are even
functions of 7, and mixed in both 7; and 7;. The field
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(14)

expressions contain several density ratios, expressed by the
factors

bij = &,
Pj

i,j=1,2, or 3. (16)

Since the density of air is three orders of magnitude less than
that of seawater or sediment, the premultipliers b, and b3,
respectively, in Egs. (9) and (10) represent significant at
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tenuating factors in the expressions for the velocity poten-
tial in the water column and the sediment. These very low
density ratios are responsible for the inefficient transmission
of acoustic energy across the air-sea and sea-sediment inter-
faces. Of course, a hydrophone responds to pressure, which,
as stated in Egs. (4) and (6), remains constant across the
air-sea and sea-sediment boundaries. Thus, the pressure is
not affected in the same way as the velocity potential by
density contrast factors.

lll. THE 2-D FIELD IN THE ATMOSPHERE

The expressions in Egs. (8) and (12) account for all the
types of waves that are present in the atmosphere due to the
moving airborne source. The first term on the right of Eq.
(12) represents the Doppler-shifted direct path arrival, while
the second term includes all the remaining types of wave,
each of which is also Doppler shifted. Thus, this second term
represents the sea-surface-reflected arrival, the normal
modes, which may be interpreted in terms of multiple arriv-
als from partial reflections off the boundaries of the shallow-
water channel, and the lateral, or head, wave propagating at
the critical angle of the air-sea interface. In effect, the term in
parentheses on the right of Eq. (12) is the reflection coeffi-
cient of the sea surface for those wave components of the
incident field with horizontal wavenumber p.

In many circumstances, including recent Doppler spec-
troscopy experiments with light aircraft,'”*® the normal
modes and the lateral wave make a negligible contribution to
the total field in the atmosphere. These multipath arrivals
may be removed from the solution in Egs. (8) and (12) by
allowing the channel depth, A, to become indefinitely large
under the condition

0 L lat=Bilx—x")
e O e

mivl = By

Im(7,) > 0. (17)
The expression for F, then reduces to
eiml= | gmimle| { m+ b12772}

Fl(7719772’773)= +
il ) m—bpm

(18)

where, on the right, the reflection coefficient has been de-
rived using the relationship b3=b,b,5. A further simplifi-
cation may be achieved by recognizing that the terms in-
volving b,, associated with the lateral wave in the
atmosphere, are negligible since the air-to-seawater den-
sity ratio is b;,~1073. Under this condition, Eq. (18) be-
comes
eiml=z'l - pmimlerd]

F1(771»772»773)= + 5 (]9)
T T

indicating that the sea surface approximates a rigid boundary
to sound incident from above. On the right of Eq. (19), the
first and second terms represent, respectively, the Doppler-
shifted source and its image in the acoustically rigid sea sur-
face.

When Eq. (19) is substituted into Eq. (8), the expression
for the Doppler-shifted field in the atmosphere becomes

QLeiQt %© eip(x—x'—Vt)

d)](X,Z,t): 87T21 »

T
X (e7iml='l 4 gmimler gy (20)

This integral may be evaluated by completing the square
under the radical #; and then making a straightforward sub-
stitution, which reduces it to a standard form.” The result for
the time-dependent velocity potential is the real part of the
expression

1_1

k k
X{HEJZ){ 1 _1 2\"/()6—)6' - Bieyt) + (1 - ,8%)|Z_Z,|2} +H(()2){ 1 2\"/()5—)6, - Bieyt)* +(1 —:8%)|Z+Z,|2]},
1

21)

where HE)Z)[- -+] is the Hankel function of the second kind of order zero.
The two Hankel functions in Eq. (21) represent the Doppler-shifted fields from the source and its image in the (rigid) sea

surface. Besides the Doppler shifts, the main feature of the field expressed by Eq. (21) is the asymmetric Lloyd’s mirror
structure arising from the interference between the direct and reflected arrivals. Clearly, when the source is stationary (i.e.,
B1=0), Eq. (21) reduces correctly to the two cylindrically spreading terms that are characteristic of a line source.

To understand the algebraic origin of the fore-aft asymmetry in the field, Eq. (21) may be simplified, with no loss of
generality, by letting the receiver range be fixed at x=0 and the source range be x’=0 when r=0. The source is then directly
over the receiver, that is, at the closest point of approach (CPA), at the origin of time. With this coordinate system, the (real)
velocity potential, from Eq. (21), may be expressed as
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QL klR_

(lsl (O9Z’ t) =

kR_ kiR,
SUEAMES))

where Jy(-++), Yo(-+*) are, respectively, Bessel functions of
the first and second kind of order zero, and

R.=\(1-BDlzxz' [+ Bicir.

(23)

The sign of the radical in this expression is always positive.
In Eq. (22), since R, is even in ¢, the terms containing the
sine and cosine functions are, respectively, odd and even
functions of 7. This accounts for the asymmetry in the field,
since ¢ is negative as the source approaches the sensor (in-
bound) and positive on departure (outbound). As a check on
the solution in Eq. (22), it is easily shown that when the
source is far from the receiver, either inbound (1— —) or
outbound (f— + ), the Doppler-shifted frequencies cor-
rectly reduce to Q/(1+,), where the minus (plus) sign ap-
plies on approach (departure). To arrive at this result, the
Bessel functions in Eq. (22) are replaced by their asymptotic
expansions and the expression for the field then collapses to
a single trigonometric term, which yields the up- and down-
shifted frequencies directly.

IV. THE 2-D FIELD IN THE WATER COLUMN

The expressions for the field in the water column, Eqgs.
(9) and (13), take full account of the penetrable bottom
boundary and the fluid-fluid nature of the air-sea interface.
The function F, in the integrand contains six branch points in
the complex p plane. From the first of Egs. (11), it is evident
that the branch points are Doppler shifted, falling in the sec-
ond quadrant at p=—k;/(1- ;) and the fourth quadrant at p
=+k;/(1+;), i=1,2,3. It is implicit here that the imaginary
parts of the acoustic wavenumbers, k;, are negative.

Poles also appear in F», the residues of which represent
Doppler-shifted normal modes. These modes extend through-
out the water column, the atmosphere, and the sediment and
are represented in the latter two cases by the residues of F)
and Fj;, respectively. (In the atmosphere, of course, the
modes make a negligible contribution to the field and were
neglected in the above discussion.) The poles of F,, as well
as F; and F; for that matter, coincide with the zeros of the
denominator in Eq. (13) and hence are solutions of the tran-
scendental equation

. (m +by373)

tan ph =1 . (24)
by + b127/§

Equation (24) is the complete moving-source, 2-D dispersion
relation for the three-layer channel from which the eigenval-
ues of the Doppler-shifted normal modes are obtained. Since
Eq. (24) is independent of the source location, it holds, re-
gardless of whether the source is in the atmosphere, the wa-
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(22)

ter column, or the sediment. Equation (24) is a generalization
of the Pekeris®' dispersion relation and reduces identically to
the Pekeris form when the source speed is set to zero and the
atmosphere is represented as a vacuum.

The integral in Eq. (9) is evaluated by taking a D-shaped
contour in the complex p plane but indented around the ap-
propriate branch cuts. An example of such a contour, for the
case of a stationary source in a Pekeris channel, is shown in
Fig. 2 of Buckingham and Giddens.” The cut lines are cho-
sen such that each follows the locus Im(7;)=0, i=1,2,3.
This type of branch cut is attributed to Ewing, Jardetzky, and
Press™ and is commonly referred to as an EJP cut. Every-
where on the top Riemann surface produced by the EJP cuts,
where the contour integrations are performed, the radiation
conditions in Eq. (15) are satisfied,”” thus ensuring that a
well-behaved, convergent solution for the field in the three-
layer waveguide is obtained.

By integrating around the indented D contour in the
complex p plane, it is evident that the field in the water
column consists of a discrete component, in the form of a
finite sum of convergent, or “proper,” normal modes, plus a
continuous spectrum arising from contour integrations
around the 7; and #; branch lines:

QLblzeiQt
—_— E normal modes

a7t | 2

+f ...dp+J ...dp ,
ny cut 73 cut

where M is the total number of proper modes. There is no
contribution to the field from the 7, cut because F, is even in
1, making the integrand an odd function of 7,, as a result of
which the integral is identically zero. The #; integral yields
the (usually negligible) evanescent field immediately be-
neath the air-sea interface; and the integral around the 7; cut
represents the continuous, subcritical field in the water col-
umn, which partially penetrates into the sediment, and also
the lateral (head) wave associated with the critical angle of
the bottom boundary.

Again it is convenient to set x=0, and x"=0 when =0,
in which case the source is inbound to the receiver station
when #<<0 and outbound when #>0. From Cauchy’s theo-
rem and Jordan’s lemma,”® the contour integration leading to
Eq. (25) is taken around the upper half plane inbound and the
lower half plane outbound. The branch line integrals in Eq.
(25) may be made more tractable by a substitution of vari-
able. From Eq. (11), the horizontal wavenumber, p, may be
expressed as

¢2(X,Z,l) =

(25)
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FIG. 2. Real (red) and imaginary (green) parts of the mode shapes fore and aft of the source, evaluated from the exact expressions in Eqgs. (53) and (64) using
the parameters of the Zhang and Tindle channel (Table I), a source frequency of 88 Hz, and source speed of 50 m/s. The corresponding approximate (black)
mode shapes from Egs. (54) and (65). In the channel, the red and black mode shapes are almost identical.

_ kBN - (L= B
(1-5)

(26a)
from which

7i

ki = (1= B}

Where there is a choice of sign in Egs. (26), the upper sign
applies for <0, when the source is inbound and the integra-
tion contour is around the top half-plane; otherwise, for ¢
>0, when the source is outbound and the integration is
around the lower half-plane, the lower sign applies. For an
inbound run, the expression for the field in Eq. (25) now
takes the form

, M
QLblzelQl . .
by(x,2,1) = =121 270 >, residues
497 p—

o0 F i
+f iV 22 1 13) (71, 72, 13) mdn,
o Vk (1- ,8 WA 7
* F b b
. f e—szt 22(771 7 773) ads
e (1-
for t<O0, (27)

where the infinite limits on the integrals are the extremum
values of the (real) radicals 7, and 7; around the respective
cuts. The variable p in the integrands in Eq. (27) is given in
terms of the appropriate 7 by Eq. (26a). An analogous ex-
pression to Eq. (27), with appropriate changes of sign, ap-
plies when #>0 and the source is outbound from the re-
ceiver.
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A. Normal modes
1. The “moving source” dispersion relation

As in the atmosphere, some simplification to the solution
for the field in the water column is achieved by exploiting
the large density contrast across the air-sea boundary. Since

by, b3k 1, the dispersion relation for the poles in Eq. (24)
may be approximated as

T
2373

tan np,h =i (28)
which has a similar form to the Pekeris>" dispersion relation,
except that the vertical wavenumbers in Eq. (28) include
Doppler effects due to the motion of the source. Equation
(28) is a transcendental equation that possesses an infinite
number of solutions but of these, only a finite number, M,
also satisfy the radiation condition Im(7;) <0. Each of these
M solutions represents a proper normal mode. Since the
horizontal wavenumbers in Eq. (28) exhibit a fore-aft
asymmetry, M, may differ according to whether the source
is inbound to or outbound from the receiver.

2. lterative solution of the dispersion relation

As it is not possible to derive an explicit closed-form
solution of the dispersion relation in Eq. (28), the exact ei-
genvalues of the modes can only be determined numerically,
using an appropriate iterative procedure. Zhang and Tindle*’
solved a similar problem, in their case for a stationary source
in the water column, on the basis of a generalized expression
for the “effective depth” of the channel.™* An alternative
approach, introduced by Buckingham and Giddens® for a
stationary source, is extended below to the moving-source
problem: the roots of the dispersion relation are obtained
directly using a standard Newton-Raphson iterative proce-
dure.

To begin, the dispersion relation in Eq. (28) is expressed
in the form

ﬂ} m=12,... (29)

Mo =m+ tan‘l{i
by3 M3

where m is the mode number and the subscript m denotes the
mth root of Eq. (29). By manipulating Egs. (11), the vertical
wavenumber 73, is expressed in terms of 7,,, as follows:

(k3 - k3)

(1+8) 2 K-k T
Mam ==\ 7 2,5k —k3) - Tom ¥ 2By ——55\ks = (1= B3) 7. (30)
(-7 7 60—@)2 k(1= B3 o
[
where the real part of the radical is positive. For convenience df 1 b%z R ed
the following notation is now introduced: ff=—Co=1+ +VbF —F/——
aX (1+g2)X 8 24 1—dX2
X= 772mh’ (3 1)
(34b)
2
G= (1+85) (K2 - K2)R? (32a) Where there is a choice of sign in the above expressions, the
(1- ,8%)2 2 e upper (lower) sign is selected when the source is inbound
(outbound). If the nth approximation for the root is X,,, then
- (5-18)
b= (32b) _ fX,)

k(-8 Xon=Xo= G0y (34c)
PPRT (k%—k%) - which converges after just a few iterations to the required
¢=2B (1- lg%)z ’ (32¢) solution. A good starting value is on(m— 1/2)77. Once the

vertical wavenumbers of the modes have been determined,
L (- B%) the eigenvalues can be obtained from the expression
=" (32d) T
2 kBt Nk — (1= By) 75, —12 35
pm - 2 B m= sty seey ( )
and (1-55)
\/d— X2 G \/1 _ax? where the minus.(p.lus) sign in front of the radical applies
g(X) = b,y ) (33)  when the source is inbound (outbound).

X
Returning to Eq. (29), the equation to be solved for X is

fX)=Xx- (m— %)W—tan_l[g(X)] =0, m=1.2,...,

(34a)

the derivative of which is

The Newton-Raphson routine in Egs. (34) returns a fi-
nite number of solutions, m < M, representing proper modes,
which satisfy both the dispersion relation and the radiation
condition Im(73,,)<0. Such modes are convergent in the
sense of being square integrable over the channel and the
semi-infinite sediment. Equations (34) also return an infinite
number of solutions, m > M, that violate the radiation condi-
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TABLE I. Shallow-water parameters for the Zhang and Tindle (Z & T)
channel and the channel north of Scripps pier (SIO).

Channel Z&T SIO
Depth, m 54 20

¢y, M/s 1500 1500

c3, m/s 1600 1650

by 0.8 0.56
Atten., dB/m/kHz 0.3125 0.3125

tion in the sediment. These nonphysical solutions represent
divergent, improper modes, which are not part of the solution
for the field. It is easy to identify the admissible solutions of
the dispersion relation, simply by inspection of the imaginary
part of 73,

As a check on the Newton-Raphson procedure in Egs.
(34), the iteration was performed for a stationary source (V
=0) in the Zhang and Tindle?’ channel (Table I) using their
seabed attenuation of 0.3125 dB/m/kHz. At a frequency of
100 Hz, it is found from Egs. (34) that three proper modes
are supported, the (complex) eigenvalues of which are as
shown in the second column of Table II. These eigenvalues
are identical to those in Table I of Zhang and Tindle.”” Even
with unrealistically high source speeds and extreme bottom
attenuations, the Newton-Raphson procedure always returns
solutions that satisfy the dispersion relation in Eq. (28).

With the source moving at 50 m/s over the Zhang and
Tindle channel, but all else the same, the Newton-Raphson
routine shows that three modes are supported both on ap-
proach and departure (see the third and fourth columns of
Table II). It is interesting that this differs from the lossless
case: in the absence of bottom attenuation, three modes are
supported on approach, whereas, on departure, the third
mode is cutoff, leaving only modes m=1 and m=2 to propa-
gate in the channel. Clearly, in this example, when the third
mode on the departure side is supported, it owes its existence
to the presence of attenuation in the seabed.* Evidently, re-
alistic levels of bottom loss can be sufficient to influence the
proper mode count in the channel.

3. Total number of modes, lossless seabed

An exact analytical expression can be derived for the
total number of proper modes, M, when losses in the bottom
are negligible, although the convergence condition that the
imaginary part of 7; must be negative is retained. After some
straightforward algebra, n; in Eq. (11) may be expressed in
terms of 7, as follows:

73 = — iNsin®(@.)(ky - pBy)* — 75, (36)

where a,=cos™!(c,/c3) is the critical grazing angle of the
bottom and the real part of the radical is positive. The
dispersion relation, Eq. (28), may then be written as

7
by \/sinz(ac) (ky—pBo)* - 77% .
The M real solutions for 7, all occur when the right hand-

side of Eq. (37) is real. The mth solution, 7,,, can be ex-
pressed as

tan 7,h = — (37)

Mom
by \/Sinz(ac) (ky = PulB2)* = 5,
m=1,2,....M,, (38)

>

Momh = mar — tan™!

where p,, is the eigenvalue of the mth mode.

The criterion for modal cutoff is that the upper limit on
the grazing angle of an equivalent modal ray is «a.. Under
this condition, the radical in Eq. (38) is zero, from which it
follows, on setting m=M,, that

hm,= (Mo - %);I_T = sin(a,)(k, — PMO,Bz)- (39)

To determine M, from this result it is necessary to identify
the eigenvalue Pwm, of the highest proper mode. From Eq.

(11),
out, = K2 = 2P ko = Py (1 = B2), (40)

which, when combined with the last term of Eq. (39), yields

_ Kpeosar) inbound
- B2COS(C(C)
Pm, = . (41)
P _keoslar) outbound

1 + Bycos(a,)

On substituting these expressions for the highest modal ei-
genvalue into Eq. (39), the total number of propagating
modes with the source inbound to the receiver is found to be

kyh sin(a,) 1

= T 42
0lim) = oy B, cos(a.)] 2 (422)
and, outbound,
kyh sin(a,) 1
Mooy = ————— 4 — 42b
0out 1+ B, cos(a)] 2 (42b)

where the right-hand sides of these expressions are to be
rounded down to the nearest integer. When the Mach number

TABLE II. Eigenvalues of the proper modes in the Zhang and Tindle channel (Table I) with an unshifted source frequency of 100 Hz. Column 2 is for a
stationary source and columns 3 and 4 for a source moving at speed V=50 m/s. The real eigenvalues, in round brackets, are for a lossless seabed but with
all else the same. Note that on the outbound run, mode 3 is absent with a lossless bottom but is supported when the attenuation is present.

pﬂl p"l pm
Mode (m) (stationary) (inbound) (outbound)
1 0.415 853 4-0.000 054 7i (0.415 858 4) —0.430270 0+0.000 053 6i (-0.4302749) 0.402 368 4—-0.000 055 8i (0.402 373 5)
2 0.406 681 2-0.000 239 4i (0.406 705 2) —0.421 008 2+0.000 232 5 (-0.421 031 3) 0.393 285 6-0.000 246 4i(0.393 310 7)
3 0.391 841 08—0.001 322 0i (0.392 709 5) —0.405 885 7+0.001 071 5i (=0.406 271 4) 0.378 662 5-0.001 647 8i (no mode)
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is zero, it is clear that both expressions reduce identically to
the correct result for a stationary source in the Pekeris
waveguide.”® From inspection, it is evident that Eqgs. (42)
could be obtained simply by replacing the unshifted angular
frequency, (), in the stationary-source expression for M,
with the shifted angular frequencies Q/[1+/8; cos(a,)].
The latter, of course, are just the Doppler up- and down-
shifts on a ray inclined at the critical grazing angle to the
horizontal.

As an example of the asymmetry expressed through Eqs.
(42), consider a shallow-water channel with a lossless bot-
tom and the remaining parameters, as shown in Table I, as
discussed by Zhang and Tindle.”’ Taking a source speed of
V=50 m/s and a propeller harmonic of unshifted frequency
100 Hz, both typical of a light aircraft, the number of modes
inbound is M =3 and outbound is M, =2 (see Table II
and the discussion toward the end of Sec. IV A 4). For the
shallower channel (Table I) used in the Doppler spectroscopy
experiments of Buckingham et al.,"”*° with V=60 m/s and
an unshifted frequency of 135 Hz, the number of modes in-
bound and outbound, respectively, from Eqgs. (42) is My,
=2 and MO(oul)= 1.

In practice, all seabeds exhibit some degree of loss,
which tends to increase the number of propagating modes
above the values expressed by Egs. (42). That is to say, when
ks is complex, the dispersion relation in Eq. (28) generally
admits more solutions than would be allowed with k5 purely
real. A detailed analysis of this phenomenon, for the case of
a stationary source in a Pekeris channel, has been performed
by Buckingham and Giddens.” Table II includes a realistic
example in which the introduction of bottom attenuation in-
creases the mode count outbound but leaves it unaffected
inbound.

R = e—ip,,,Vteir]lmZ om Sil’l( 7]2mZ)Sin(7]2mh)[772m Sin( 7]21nh)

— b3 773,, €OS( 72,1 ]

4. Residues

To obtain the residue of the mth mode, the denominator
of F, in Eq. (13) must be expanded to first order in (p
—Pm), Where p,, is the mth eigenvalue given by Eq. (35).
Neglecting the very small terms in b, and b3, the Taylor
expansion of the denominator, D, yields

dD
D=(-p) D+ ==-p)
P p=p,
2.
y { oo a1 =By
Tom

— Mo sin(m,,h) + iby3 73,1 coS(7,,1) ]

+ %Sfllw[kgﬁ +pn(1 = ,Bg)]} +oe 0 (43)
3m

Now the wavenumber 73,, may be expressed in terms of ,,,
through the dispersion relationship in Eq. (28). The denomi-
nator then becomes

Ly,

Ty (44)
Mom SIH( 772mh)

D=-(p-py

where

Lm = {[kZBZ + pm(l - B%)][,”th - Sil’l( anh)COS(Wth)]

by sin* (/1) ,
T cos(mah) [k3Bs+pn(1= B3] |- (45)

If R, is the residue of the mth mode, it follows from
Egs. (9), (13), and (44) that

m
Nim Lm

where, following earlier practice, x and x" have been set to
zero and

—_—
Mm= \”(kl_pmlgl)z_pizn’ (47)

Again using the dispersion relationship in Eq. (28), this time
to eliminate 73, in the numerator of Eq. (46), the final ex-
pression for the residues becomes

. "oy
e' hm Sln( 772mz)

Mm Lm

_ ,—ip,,Vt
R, = 'm

, 0<z<nh. (48)

For the special case of stationary source, L, in Eq. (45)
reduces identically to the corresponding, Doppler-free ex-
pression derived by Pekeris.”!

0<z=<nh, (46)

5. The “effective depth” approximation

Although an exact numerical value for #,,, may be com-
puted from the simple Newton-Raphson algorithm in Egs.
(34), it is also possible to derive an analytical approximation
for 7,,,, which offers some insight into the physics governing
the mode shapes and the modal attenuation.

The derivation is based on the assumption that, for those
modes not too close to cutoff, the vertical wavenumbers in
the water column are small, in which case the terms in 77§m
may be neglected in Eq. (30). Some algebraic rearrangement
then leads to the result

Bk

T3m l(l + ,32) ’

which, when substituted into Eq. (29), after approximating
the arctangent by its argument, leads to the required solution

(49)
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mr

Tom = (50)
S CEY N
bysh\k; - k5

In general, this solution for 7,,, is complex due to losses in
the bottom, represented by the condition Im(k;) <O.

When bottom losses are negligible, however, the de-
nominator on the right of Eq. (50) is real and so too are the
vertical wavenumbers, which may expressed in the form

mar

772mz7’ (5])

where H is the Doppler-shifted version of the effective depth
of the channel.”®?’ When the source is inbound,

1
H=n -m1+——FP 4 (52a)
b23k2h Sln(ac)
and outbound,
1+
H=H,,=h 1+—.B2 , (52b)
b23k2]’l sm(ac)

where a,=cos™!(k;/k,) is the critical grazing angle of the
bottom.

Since the Mach number, f3,, is positive, it is clear from
Egs. (52) that H,,, > H;,. This asymmetry in the fore and aft
effective depths arises because the frequency is Doppler up-
shifted inbound and downshifted outbound. An inspection of
Egs. (52) reveals that these frequency shifts are given by
Q/(1£p,), where the absence of a cosine (grazing angle)
factor multiplying the Mach number is a consequence of
neglecting 73, in Eq. (30). In effect, this “low-order-mode”
approximation amounts to treating the modal equivalent rays
as though they were horizontal, with zero grazing angle.

6. Mode shape functions

The depth dependence of the modes, given by the resi-
dues in Eq. (48), may be conveniently expressed in terms of
mode shape functions:

su(z) =sin(n,,2), 0<z<h, (53)

where 7,,, is the mth root of the dispersion relation [Egs.
(29) and (30)]. From the solution for 7, in Eq. (51), the
shape functions may be approximated in terms of the effec-
tive depth as follows:

sp(z) = sin(%), 0<z<h. (54)

According to this result, the mode shapes within the channel
are the same as if the seabed were a pressure-release bound-
ary at a depth H>h beneath the sea surface. Clearly, the
fore-aft asymmetry in H, as expressed by Egs. (52), gives
rise to different shape functions ahead of and behind the
moving source. Although the effect is usually small, as illus-
trated in Fig. 2 for the case of the Zhang and Tindle®” chan-
nel, it is evident from Eq. (54) that the turning points in the
modes are shallower with the source inbound than outbound.
Of course, the main fore-aft asymmetry in Fig. 2 is the pres-
ence of three modes inbound and only two outbound.

7. Modal attenuation

According to Eq. (48) for the residues, each mode un-
dergoes attenuation as it propagates along the channel. Since
Vt is, in effect, the source-to-receiver range, it is evident that
this modal decay, arising from losses in the seabed, is asso-
ciated with the first exponential function in Eq. (48) and that
the attenuation coefficient of the mth mode is

a,,=Im(p,,), (55)

where the complex eigenvalue, p,,, is given by Eq. (35).

An approximate expression for the modal attenuation
coefficient, a,,, may be obtained from Eq. (50) by making
the acoustic wavenumber, k3, complex, thus allowing for
losses in the bottom. It is convenient to write

ky=ky(1=iy), (56)

where k3=/c; is real and 7y is the loss tangent of plane
waves propagating through the bottom. [N.B.: The imaginary
term in Eq. (56), k7, is the plane-wave attenuation coeffi-
cient of the bottom.] For most marine sediments, y is a small
number close to 0.01. On substituting Eq. (56) into Eq. (50)
and expanding the result to first order in v, the following
approximation is obtained:

(1 + t*
o = m_ﬂ{n i1 2 By)eo (ac)] -
H b23k2H Sln(ac)
where the critical grazing angle is now defined as
k/
a,= cos_l(—3> (58)
ky

and H is the effective depth, either H;, or H,, in Egs. (52).
The choice of sign in Eq. (57) is such that the minus (plus)
applies inbound (outbound).

Turning now to the expression for p,, in Eq. (35), on
substituting for 7,,, from Eq. (57) and expanding to first
order in 7y and to second order in the mode number m, the
eigenvalues are approximated as

= —haba k= (1= B wit)
" (1-p3)
_ iyl £ Bym* cot(a,)
byaH? sin(e,)

(59)

According to Eq. (55), the imaginary part of this expression
is the attenuation coefficient of the mth mode:

_ Y(1 = By)m*m* cot*(a,)

" byykaH? sin(a,)

(60)

where on approach (departure) the minus (plus) sign applies
and the effective depth H is given by H;,(H,,) in Eq. (52).
To the level of approximation in Eq. (60), the modal at-
tenuation scales as the square of the mode number, giving
rise to the phenomenon of mode stripping, and inversely
as the cube of the effective depth. When f3, is set to zero,
and after allowing for differences in notation, it can be
seen that Eq. (60) reduces identically to Buckingham’s*’
expression for the modal attenuation with a stationary
source. In passing, it should be mentioned that the real
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FIG. 3. Modal attenuation ratio as a function of source (unshifted) fre-
quency, evaluated from Eq. (61) for the Zhang and Tindle channel (Table I)
with source speed V=50 m/s.

parts of the eigenvalues in Eq. (59) switch sign as the
source passes through the zenith (CPA), reflecting the fact
that the acoustic arrivals at the receiver propagate in the
positive x direction on approach (inbound), but in the
negative x direction on departure (outbound).

Interestingly, the effects of source motion on the modal
attenuation do not have a simple interpretation in terms of
near-horizontal modal equivalent rays. The Mach number,
B>, appears in Eq. (60) through the terms (1+/,) in the
numerator and H> in the denominator. These terms introduce
a fore-aft asymmetry into the modal attenuation, the magni-
tude of which may be appreciated by forming the inbound to
outbound attenuation ratio:

Xpn(in 1- H 3
4 St ﬁz)(_om> ’ 61)
Ay (out) (1 +:82) Hin

This ratio is independent of mode number but depends on
frequency through the cube of the effective depths. Figure 3
shows A versus frequency for the parameters of the Zhang
and Tindle®’ channel, as listed in Table 1. In the limit of high
frequency, both effective depths in Eq. (61) approach asymp-
totically the actual depth, h, and A takes the value (1
—B,)/(1+,), indicating that the modal attenuation is lower
on approach than on departure. At lower frequencies, how-
ever, the effective depths in Eq. (61) are no longer equal,
leading to an increase in A with decreasing frequency. For
the case illustrated in Fig. 3, the attenuation ratio, A, passes
through unity at a frequency of about 30 Hz, below which
the modal attenuation is higher on approach than on depar-
ture. In general, equality between the inbound and outbound
attenuation occurs at angular frequency,

O,  ~ L
A=1 boshsin(a,)

(1-38). (62)

where the approximation is valid to second order in the
Mach number 3,. Naturally, for any given mode, the condi-
tion in Eq. (62) would not be observed if the mode cutoff
frequency were above (,_;/27r.

B. Branch line integrals

The branch line integrals in Eq. (27) represent field com-
ponents that tend to decay relatively quickly with distance
from the source. Thus, these integrals are significant only
when the moving source is close to the zenith. Although the
branch line integrals cannot be expressed explicitly, they
may be approximated in several different ways using
asymptotic techniques. For the case of a stationary source in
the water column, Pekeris®' presented without proof a par-
ticular approximation for the 7 integral representing the lat-
eral wave; and an approximation for the continuous field, in
the form of an infinite sum of “virtual modes,” has been
developed from the #; integral by Tindle and colleagues.‘gl’3 2

In the presence of source motion, the algebra involved in
the asymptotic analyses of the branch line integrals tends to
be excessively cumbersome. Since such analyses are not par-
ticularly enlightening, at least as far as moving-source effects
are concerned, they are not pursued here.

V. THE FIELD IN THE SEDIMENT

As in the water column, the field in the sediment con-
sists of a finite sum of normal modes plus two branch line
integrals. Again, the branch line integrals are held in abey-
ance, while the normal-mode field is examined only briefly,
since the modes in the sediment are simply one-to-one ex-
tensions of the modes in the water column, satisfying the
same dispersion relationship [Eq. (28)], and thus possessing
identical eigenvalues [Eq. (35)] and attenuation [Eq. (60)].
The residues and the mode shapes, of course, differ from
those in the water column.

Following an argument similar to that for the residues in
the water column, the residues in the sediment are found,
from Egs. (10), (14), and (44), to be

.
(=) o S0 (7721)

Rm = e_Pthei[WlmZ/_ M3m
Mm Lm

h<<z< oo,

(63)

Therefore, the mode shape functions in the sediment are
5,,(2) = sin( 7, h)e N < < oo, (64)
From the approximations for the vertical wavenumbers in

Egs. (49) and (51), these shape functions may be expressed
as

mih .
sz) = sin( I )e‘k2(“_h)sm(“f)/(1152). (65)

When the source is inbound (outbound), the sign preceding
the Mach number is negative (positive) and the effective
depth, H, is given by H;,(H,,) in Eq. (52). It is evident
from Eq. (65) that, due to the source motion, the modes
decay with depth in the sediment more rapidly on ap-
proach than on departure. This, and the other fore-aft
asymmetries in the mode shapes, are illustrated in Fig. 2.
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VI. SOLUTION FOR THE 3-D DOPPLER-SHIFTED
FIELD IN A THREE-LAYER WAVEGUIDE

In practice, an aircraft is probably better represented as a
point source rather than a line source. The Doppler-shifted
field then becomes three-dimensional, depending on (x,y,z),
where, as shown in Fig. 1, the additional coordinate y is the
direction normal to the aircraft’s track. Fore and aft of the
point source, the Doppler-shifted field is similar to that of the
line source, except for differences in the geometrical spread-
ing. Assuming that the aircraft’s track is in the vertical plane
y=0, then symmetry dictates that the field be an even func-
tion of y. Incidentally, a related problem, that of a stationary
point source in a moving medium, may be found in the book
by Brekhovskikh and Godin.*

The wave equations to be solved for the Doppler-shifted
3-D field due to an unaccelerated, horizontally moving air-
borne point source are

Po Pb P 1

ot gyt 9 o ar

== 0,0(x-x"=V1)&(y) 8z~ e, <0, (66)

s & & 1 &
‘é2+ d;% ‘éz——z 42’2=0, 0<z<h, (67)
dx dy Jz c; ot

Py Py Phy 1P
(é3+ d;3+ <;Z3__2 (23=0, 2> h, (68)
axt gyt a7 ¢y o

where ¢;=¢;(x,y,z,1) is the velocity potential in layer i
=1,2,3,0p is the source strength [with dimensions of
(length)3/time]. Following an analysis almost identical to
that for the 2-D field, but with an additional Fourier trans-
form over y, these equations may be solved for the field in
each of the three layers. The results are as follows:

eiﬂl ® o ' ) )
d)l(X,y,Z,t) = ?gﬂjl f f elp(X—X —Vt)emy

XF (., m,m3)dp ds, z<0, (69)

iQr 0 o0
Q b e" . ’ .
¢2(x,y,z,t) = —PS,]I;I' elp(x—x —Vt)emy

XFy(n,m.m3)dpds, 0<z<h, (70)

b eiﬂt o o ) , .
d3(x,y,2,1) = —ng;;i £/P=x'=V1) pisy

XF3(n1, 1m0 m3)dp ds, 2> h, (71)
where the Fourier transform variable s is the horizontal
wavenumber in the y direction. The functions F; in these
double integrals are exactly the same as in the 2-D case, that
is, they are given identically by Eqgs. (12)—(14). The vertical
wavenumbers, 7;, however, are now

ﬂizV”(ki_pBi)z_pz_sz’ i=192’3’ (72)

where it is important to note the presence of both horizontal
wavenumbers, p and s, instead of just p in the 2-D case. As
before, the constraints

Im(7) <0, i=1,3, (73)

must hold in order to ensure that the fields in the atmosphere
and sediment satisfy the radiation conditions by converging
to zero as |z| goes to infinity.

From inspection of the functions F;, it is evident that all
three possess the same denominator, which has zeros when
the 3-D dispersion relationship is satisfied:

tan n,h =i . (74)
byymms + b1277§

Clearly, this has exactly the same functional form as the
dispersion relationship in Eq. (24) for the 2-D field but, as
already mentioned, the 7, given in Eq. (72), are now func-
tions of two Fourier transform variables, p and s. On neglect-
ing the terms involving the very small density ratios b;, and
b, the exact 3-D dispersion relationship in Eq. (74) re-
duces to
7

tan n,h =i , (75)
by

just as in the 2-D case.

Although the dispersion relations in two and three di-
mensions have the same functional form, the solution of Eq.
(75) is not so straightforward as for the 2-D field. The diffi-
culty may be appreciated by returning to Eq. (30), which, for
the 2-D case, expresses 7; uniquely in terms of 7, along
with a number of physical constants (acoustic wavenumbers
and Mach numbers). This simple relationship holds for the
2-D field, even in the presence of source motion. On moving
to three dimensions, the expression for #»; corresponding to
Eq. (30) involves 7, and the same physical constants, but
now, because of the reduced symmetry due to the source
motion, it also depends on one or other of the Fourier vari-
ables (p,s). It follows that the solution of Eq. (75) for 7, is
a function of one of these integration variables, say s. Hence,
in the 3-D case, in the presence of source motion, the poles
in the complex p plane, along with the modal eigenvalues,
the mode shape functions, the effective depth, and the modal
attenuation, are all functions of s. With a stationary source,
of course, symmetry is recovered, the s dependence disap-
pears from 7, and elsewhere, and the solution of Eq. (75)
proceeds exactly as in the 2-D case.

Clearly, even with a moving source, a Newton-Raphson
solution of Eq. (75) could be developed, allowing 7, to be
computed for each value of s. The integrals over p in Egs.
(69)—(71) could then be expressed in terms of normal-mode
sums plus additional terms, all of which would be dependent
on s; and the integrals over s could then be evaluated nu-
merically. However, such an exercise is of doubtful utility.
Instead, it is easier to compute the double integrals in Egs.
(69)—(71) directly. The 3-D fields that are returned exhibit
asymmetric features that are qualitatively similar to those
discussed earlier, in connection with the 2-D situation.
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FIG. 4. Pressure field, computed from Egs. (69) and (71), in the vertical plane containing the source track in the Zhang and Tindle channel (Table I) with
source (unshifted) frequency f=88 Hz, speed V=50 m/s and altitude |z’ | =50 m. The color bar is dB relative to the free-space source level at 1 m (e.g., if the
free-space source level were 120 dB re 1 uPa® at 1 m and the pressure at a point in the channel is —50 dB, then the actual signal level at the point is 70 dB

re 1 uPa?).

Figure 4 shows the pressure field in the vertical plane
containing the source track (i.e., the y=0 plane) in the Zhang
and Tindle®’ channel (Table 1), as computed from the time
derivatives of the velocity potentials in Egs. (69)—(71). The
horizontal axis represents horizontal range, V#, between the
source and receiver and the source speed is V=50 m/s.
Negative (positive) ranges correspond to approach (depar-
ture). In effect, Fig. 4 is a transmission loss (TL) plot show-
ing the field on the vertical line (x=0, y=0,z) extending
throughout the three layers of the waveguide. Figure 5 shows
a horizontal cut through the same pressure field at a depth of
53 m in the channel, which in this case is 1 m above the
seabed. Both figures illustrate the fore-aft asymmetry in the
field that is introduced by the source motion.

Although the source is monotonic, the frequency of the
pressure fields in Figs. 4 and 5 is not spatially uniform but
varies with the relative positions of the source and receiver,
an effect due to the Doppler shifts that are introduced
through the motion of the source. For instance, with the re-
ceiver ahead of (behind) the source the frequency is greater
(less) than the unshifted source frequency. This multifre-
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quency characteristic obviously distinguishes moving-source
fields like those in Figs. 4 and 5 from conventional, single-
frequency TL plots associated with a stationary source.

The time series of the field in Fig. 4 at depth z=53 m in
the channel is shown in Fig. 6(a). This is a nonstationary,
multifrequency waveform extending 20 s either side of CPA
and with a spectral structure that is determined not only by
the source motion but also by the propagation conditions in
the three-layer waveguide. Figure 6(b) shows the power
spectrum of the entire nonstationary time series in Fig. 6(a),
as obtained from a single FFT of 40 s duration, correspond-
ing to a frequency cell width of 0.025 Hz.

It can be seen that the “high resolution” spectrum in Fig.
6(b) exhibits Doppler spreading, which extends approxi-
mately 3 Hz either side of the unshifted source frequency,
f=88 Hz. The spread spectrum contains a number of sharply
defined, Doppler-shifted peaks. Generally, a pair of peaks is
associated with each normal mode in the channel, one of the
pair being upshifted (approach) and the other downshifted
(departure). As discussed in more detail later, the lower the
mode number, the nearer the equivalent modal rays are to the
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FIG. 5. Pressure field, computed from Egs. (69) and (71), in the horizontal plane at depth z=53 m in the Zhang and Tindle channel (Table I) with source
(unshifted) frequency f=88 Hz, speed V=50 m/s, and altitude |z'| =50 m. The reference of the dB scale on the color bar is as defined in Fig. 4.

horizontal and the greater are the shifts in the frequencies of
these spectral peaks: mode 1 exhibits the greatest (up- and
down-) shift, mode 2 a little less, and so on. Of course, if the
source were stationary, there would be no Doppler shifting
and the spectrum in Fig. 6(b) would collapse onto a single
line at the unshifted frequency of 88 Hz.

In Fig. 6(b), the two small peaks on the flanks of the
spectrum, at 91.007 and 85.189 Hz, respectively, are identi-
fied with mode 1; mode 2 corresponds to the two peaks at
90.921 and 85.273 Hz; and mode 3 to the peak at 90.773 Hz.
On the downshifted side, mode 3 is actually cutoff, even
though a sharp, mode-like peak is evident at 85.419 Hz that
at first sight would seem to be the downshifted third mode.
However, this peak and the remaining spectral peaks in Fig.
6(b) are associated with Doppler-shifted virtual modes,
which, as discussed by Tindle et al>™" for the case of a
stationary source in the water column, are discrete approxi-
mations to the continuous field in the channel. [The wave-
number integral in Eq. (70) is complete and exact and can be
expressed as a finite sum of normal modes plus a branch line
integral, the latter representing both the continuous field and
the lateral wave. An asymptotic analysis of the branch line
integral allows it to be approximated as a sum of discrete,
mode-like terms, known as virtual modes. As a mode be-
comes cut off, say, by reducing the frequency, it moves out
of the (true) mode sum, where it was the highest mode, to

become the lowest-order virtual mode in the branch line in-
tegral.]

VIl. RAY INTERPRETATION OF THE MODAL PEAKS

A moving, monotonic acoustic source in a homogeneous
medium emits rays that exhibit a Doppler frequency shift
that depends on the launch angle. This is illustrated sche-
matically in Fig. 7, which shows a horizontally traveling
source of unshifted frequency f,={)/27. Rays propagating
ahead of the source are upshifted in frequency, with the
maximum frequency occurring along the source track in the
direction of source motion. Similarly, rays behind the source
are downshifted in frequency with the minimum frequency
occurring along the source track in the direction opposite to
the source motion. Normal to the source track, the ray propa-
gates at the unshifted frequency, f;,. In general, at an inter-
mediate launch angle, «, the frequency of a ray is given by
the familiar Doppler expression

fo
f=V—. (76)
1——cosa
¢

It may be inferred from Eq. (76) that the direction of a ray
identifies its frequency, and vice versa.
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FIG. 6. (a) Time series, computed from Eq. (70), at depth z=53 m in the
Zhang and Tindle channel (Table I) directly beneath the source track with
source (unshifted) frequency f=88 Hz, speed V=50 m/s, and altitude |z’|
=50 m. (b) Corresponding high-resolution power spectrum showing the up-
and downshifted modal peaks, identified by mode number, m. The frequen-
cies of the three upshifted peaks are 91.007, 90.921, and 90.773 Hz and the
two downshifted peaks are at 85.189 and 85.273 Hz.

For rays incident from above, the air-sea interface has a
critical angle of approximately 13°. Shallower rays are to-
tally reflected but steeper rays penetrate the boundary, where
they are refracted according to Snell’s law, as illustrated in
Fig. 8. The frequency along a given ray path is, of course,
constant. If a refracted ray in the water column has the same
grazing angle as an equivalent modal ray, that mode will be

fiu fir
L or

\
Tode 2 mode 2
equivalent ray

cquivalent ray [
(downshifted) ~ (upshifted)

sea
surface

mode 1
(upshifted)

mode 1
(downshifted)

sea

7/ bed
(A effective depth 7

7

FIG. 8. Ray schematic of sound from a monotonic (frequency f;,), moving,
airborne source coupling into normal modes in the channel. The arrows in
the water column represent equivalent modal rays, each of which propagates
at a specific, discrete grazing angle that is governed by the mode number,
the Doppler-shifted frequency, the depth of the channel, and the sound speed
in the bottom. To avoid clutter, the second mode shape has been omitted
from the diagram.

excited and will propagate through the channel. Since the
rays in the water column from a moving airborne source
have grazing angles that extend continuously from 0° to
180°, it follows that all possible modes supported by the
channel are excited by the source.

Each mode has a unique frequency, characterized by the
launch angle of the ray that excited it. Those modes propa-
gating ahead of the source (from left to right in Fig. 8) are
upshifted in frequency, with the lowest-order mode experi-
encing the greatest Doppler upshift because its equivalent
ray has the shallowest grazing angle. Since their equivalent
rays are steeper, higher-order modes have successively lower
frequencies, but all are higher than the unshifted frequency,
fo- A similar description applies to modes propagating behind
the source (from right to left in Fig. 8). They will be down-
shifted in frequency, with the lowest-order mode experienc-
ing the greatest Doppler downshift, again because its equiva-
lent ray has the shallowest grazing angle. Higher-order
modes have successively higher frequencies but all are lower
than the unshifted frequency, f,. To summarize, the mode
frequencies satisfy the inequalities

Siuu<foy < - <fo<- - <for<fi1s (77)

where the numerical subscripts denote the mode number and
the arrows (up or down) represent the direction of the Dop-
pler shift.

. fO oz ~ fo
fmm - % a el f max — v
T+ — 1-—

1 1 FIG. 7. The Doppler-shifted frequency
of an acoustic ray emitted from a mov-
ing source decreases as the launch
angle, «, increases.

Jo
7 f= —
f 1 - —cosa
o ‘1
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This picture of modal equivalent rays in the channel fore
and aft of the moving source is consistent with the presence
of the very sharp modal peaks on either flank of the spread
spectrum in Fig. 6(b). The mode-1 upshifted and down-
shifted spectral peaks are associated with the shallowest
equivalent modal rays propagating, respectively, ahead of
and behind the source. It is clear from Eq. (77) that these
rays experience the greatest Doppler shift. Successive model
peaks in the spectrum exhibit progressively smaller Doppler
shifts, consistent with the steeper grazing angles of the
equivalent modal rays.

VIIl. CONCLUDING REMARKS

An analytical theory of sound from a horizontally mov-
ing, unaccelerated airborne source (an aircraft) in a three-
layer (atmosphere-ocean-sediment) Pekeris waveguide is de-
veloped in this paper. Each layer is taken to be homogeneous
and isotropic, implying a uniform sound speed throughout,
and all three layers are assumed to be fluid, incapable of
supporting shear. Full solutions for two source geometries
are presented.

First, a line source normal to the direction of travel is
considered, which gives rise to a 2-D field, varying in hori-
zontal range and depth. This exact 2-D solution takes the
form of a single wavenumber integral for each layer. From
this solution, the dispersion relation [Eq. (24)] for the three-
layer, moving-source problem is derived. This dispersion re-
lation is complete and exact, accounting fully for all source-
motion effects as well as the penetrable nature of the sea bed
and the fluid-fluid boundary condition at the sea surface. It is
clear from the dispersion relation that source motion intro-
duces intricate Doppler shifts into the field, which, as a re-
sult, exhibits significant fore-aft asymmetries. Various asym-
metrical properties of the field are investigated on the basis
of the 2-D dispersion relation, including the effective depth
of the channel, the shapes of the normal modes, the mode
count, and the modal attenuation. The discussion yields con-
siderable insight into the essential physics underlying the
Doppler-shifted field in the channel and the sediment. In the
atmosphere, of course, the modal component of the field,
although present, is negligible compared with the direct and
surface reflected arrivals, which interfere with each other to
form a Doppler-shifted version of a Lloyd’s-mirror field ex-
hibiting significant fore-aft asymmetry.

The second solution presented in the paper is for a mov-
ing point source, which produces a 3-D field and is perhaps
more representative of an aircraft than a line source. In the
3-D case, the solution for the field in each layer takes the
form of a double wavenumber integral, from which the exact
3-D dispersion relation [Eq. (74)], incorporating full Doppler
effects, is derived. Numerical examples of the field in the
three layers, as computed from the 3-D double integrals, il-
lustrate graphically the asymmetries that appear fore and aft
of the source.

In the water column and basement particularly, the com-
plexities of the Doppler-shifts ahead of and behind the mov-
ing source depend on a number of factors, including the bot-
tom boundary conditions, which themselves depend on the

geoacoustic parameters of the sediment. The fore-aft asym-
metry introduced into the field by the moving, airborne
source is the basis of the Doppler-spectroscopy inversion
technique that is currently being developed for recovering
the geoacoustic properties of the seabed.”
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Regions that influence acoustic propagation in the sea at
moderate frequencies, and the consequent departures
from the ray-acoustic description
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In the limit where a transient signal is comprised of very large frequencies, spatial regions within an
inhomogeneous medium that influence the propagation from a source to a receiver lie along one or
more ray paths. At lower frequencies for which the geometrical acoustic approximation is of
borderline applicability, the regions that influence such transient signals are extended because of
diffraction. Previous research has addressed the numerical determination of those spatial regions
that influence propagation at low frequency. The present paper addresses the question of how high
the center frequency need be so that the regions of influence are nearly described as ray paths for
a model ocean in which the speed of sound increases nearly linearly with depth from a perfectly
reflecting surface. Computations indicate that near 2500 Hz and at a range of 50 km, the region of
influence resembles a ray. Noticeable departures from the ray picture are found at a range of
500 km. Various physical and mathematical causes for the departures from the ray propagation
model for lower frequencies and for greater ranges are identified and discussed. © 2006 Acoustical

Society of America. [DOI: 10.1121/1.2336991 ]
PACS number(s): 43.20.El [ADP]

I. INTRODUCTION

Quantifying where a wavelike signal is influenced be-
tween a source and receiver by a medium and its fluctuations
is useful in acoustics, communication, scattering theory, op-
tics, and fluid and cosmic gravity waves problems. At infinite
frequency, the received signal is influenced only on one or
more infinitesimally thin rays. At finite frequencies, the no-
tion of influence is often quantified by considering experi-
ments in which a screen is placed between a source and
receiver. For homogeneous media, one imagines increasing
the radius of a circular opening in the screen until the re-
ceived signal is similar to that obtained without a screen. For
transmission at a single frequency, the first Fresnel zone pro-
vides a radius that approximately admits a field similar to
that found without a screen.' There remains a bright spot at
the center that reduces to that found without a screen when
the radius is much laurger.l When a signal has a nonzero
bandwidth, the free-field solution is obtained exactly, within
a pulse resolution of the time of the direct arrival, when the
radius is given by the zone of influence,”™® R;(x) = (2¢Tx(d
—x)/d)"?. Here, the speed of the wave is c, its temporal
resolution is 7, the distance between source and receiver is d,
and x measures distance from the source to receiver. Circular
or otherwise shaped openings interfere with the transmitted
signal, and in particular their edges lead to edge-diffracted
rays.l’7 Such rays are entirely caused by diffraction and ap-
pear to exist for all edges even when the screen is perfectly
absorbing.l’7 When the transmission consists of a single fre-
quency, edge-diffracted rays cause the anomalously bright
spot mentioned above. For transmissions with nonzero band-
width, the edge-diffracted rays arrive exactly one pulse reso-
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Iution later than the signal traveling directly between the
source and receiver when the circular opening has radius
given by the zone of influence.

For any transient signal at finite frequencies, an exact
method has been developed to compute the region in any
medium that significantly influences the received signal for
any specified window of signal travel time.® This window is
sometimes chosen to surround a peak. Results at finite fre-
quencies differ from those at infinite frequency because of
diffraction. The purpose of this paper is to investigate how
high the center frequency of a signal need be in an ideal
oceanic acoustic waveguide to yield a region of influence
that resembles one or more ray paths. For homogeneous me-
dia, the exact method is different than the idea of a zone of
influence. Perhaps the most interesting difference is that the
method allows one to look within the zone of influence to see
at high spatial resolution how each region of space influences
the signal. This high-resolution picture is possible to com-
pute for inhomogeneous media as well.®

Solutions are given for 50- and 500-km ranges of propa-
gation. A waveguide speed is chosen to increase nearly lin-
early with depth such that an analytical solution to the wave
equation is available. Results based on the analytical solution
are compared with those derived from the sound-speed in-
sensitive parabolic approximation.9 If these results are simi-
lar, then results previously given for this approximation are
probably accurate.”

James Bowlin pioneered the use of the Huygens-Fresnel
principle (pp. 370-375 in Ref. 1) to estimate paths of tran-
sient signals between a source and a receiver in the ocean.'”
The results in Ref. 8 expand on his ideas in three ways. They
are the following: (1) The integral theorem of Helmholtz and

© 2006 Acoustical Society of America



Kirchhoff is used to calculate effects of diffraction. This
theory is more accurate than the Huygens-Fresnel principle.1
(2) A method is identified for obtaining quantitative values of
medium influence on the received signal at high spatial reso-
lution within the domain. (3) An interference filter is found
useful for visualizing regions of space that significantly in-
fluence the received signal. The calculations in this paper use
these three methods. We also compare results from the
Huygens-Fresnel principle with those obtained from the in-
tegral theorem of Helmholtz and Kirchhoff.

Il. SUMMARY OF METHOD FOR ESTIMATING REGION
OF INFLUENCE

We summarize the methods® used to compute a region of
influence for a transient signal in any medium. Suppose an
infinitely large opaque screen is perpendicular to the x axis at
X, The screen is in-between a source and receiver. The z
axis is parallel to the screen. The integral theorem of Helm-
holtz and Kirchhoff’ yields the contribution to the time series
at time ¢ at the receiver from the wave field passing through
a transparent opening of the screen between coordinates z,
and z,,

s [
e(t,Xs0,2,525) = BJ f H,(x,.,2, w)exp(— iot)dw dz,
7, J -

(1)

where B is a normalization constant. The radian frequency is
o and

IWo(X40r2, @)
ox
5W1 (-x.vc’ <y (1))
ox '

Hi(Xg,2,0) = Wy (xy,2, @)

- WO(xst’ (1)) (2)
The solutions of the Helmholtz equation on the screen due to
emissions located at the source and receiver are Wy(x,.,z,®)
and W,(x,.,z, ) respectively.1 We will also work with

G(t’xSC7ZV’ZS) = f[e(t’xSC’Zr’ZS)]’ (3)

where JF removes the carrier frequency via complex de-
modulation of analytic signals [Eq. (47) of Ref. 9]. Results
using the Huygens-Fresnel principle1 with an inclination fac-
tor of unity can be obtained by substituting

HZ(xxcv 2, (1)) = WO(xsc’ 2 (‘)) Wl (xsc’ 25 (1)) > (4)

for H,(x,.,z,) in Eq. (1).

The “region of influence” denotes locations through
which a transient signal travels that significantly affect the
received signal within a specified window of travel time.
This region is different than the concept for the zone of in-
fluence, which yields a time series identical to that found
without a screen within the temporal resolution of the signal.
For narrow-band signals in inhomogeneous media, it could
be necessary to extend the region toward infinity to guaran-
tee reception of an identical signal. Instead, the region of
influence’s boundaries demarcate locations of significant
contribution.
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A term is needed to specify what is being influenced in
the received time series. We call it the “measure of influ-
ence.” Two such measures are defined. The measure of in-
fluence of the first type is the largest peak in the time series
obtained from apertures z=0 through z=z;,

Ml(t()’xsc’ovzj) = max {V(I,XSC,O,Z]-)}. (5)

te(1yxot/2)
where V(t,xsc,O,zj) is some function of the received time
series within the window of travel time of duration &t. The
measure of influence of the second type is the energy of
the function of the time series in the window,

t+ot12

MZ(I()’xsc’O»Zj) = f V2(t’xsmo’zj)dt~ (6)

to—ot/2

Examples of V(t,x,.,0,z;) are the time series with and
without the carrier frequency [Eqgs. (1) and (3)], and a
time series that is adjusted for interference with a filter, Z,

fzsf I{H (x,.,z,0)}exp(— iwt)dw dz, (7)

discussed later.
The “differential measure of influence” is obtained using
a first difference of the measure of influence as

5Mk(t()’xsmzj)

Mk(toa-xsc’o’zl)
Mk(to,xsc,O,Zj) - Mk(t07xsc’o’zj—1) lfj > 1,

ifj=1,

(8)

where k=1,2 denotes measures of the first and second types,
respectively. The differential measure of influence contains
the information needed to quantify the influence of the signal
passing through any aperture of a screen on the received
signal. However, when the received phase changes quickly
from signals passing through nearby apertures, it can be dif-
ficult to visualize regions that yield a significant contribu-
tion. The interference filter is designed to make it easier to
understand what is happening in this situation. The interfer-
ence filter outputs only net positive contributions to the mea-
sure of influence.® The region of influence so filtered is
called the “net region of influence.”® The weighted interfer-
ence filter is used here because it is more accurate than the
unweighted filter.®
We choose boundaries for the region of influence by
including significant contributions to the measure of influ-
ence. For any screen, the contributions from all apertures
yield the final value for the measure of influence,
M(ty,x,.,0,D), where the bottom of the screen is z=D. The
absolute values of the differential measure of influence are
sorted into decreasing order. The cumulative sum of the first
N sorted apertures is
N

LN =2

n=1

|5Mk(t0’xsw Zg(n))|

9 9
|Mk(t0,XSC,O,D) ( )

where g(n) denotes sorted order. With the fractional ampli-
tude method, we say that the measure of influence is recon-
structed with a fidelity, f, by choosing the smallest value of
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N=1,2,3,... such that £(N) exceeds f without any value
L(N+p) being less than f for integer p greater than zero. For
example, if we wish to reconstruct the measure of influence
with a fidelity of 0.9, f'is 0.9. Perfect fidelity corresponds to

f=1.

lll. SHORTER DISTANCE PROPAGATION

A source and receiver are placed at a depth of 5 m and
separated by 50 km. The speed of sound is taken to increase
with depth, z, almost linearly according to

c(z) =co/N1 =2az, z=<1/(2a) (10)

11

because this yields an analytical solution' to Helmholtz’s

equation in cylindrical coordinates,

PW(r,z,0) 10W(r,z,0) FW(r,z,w)
2 T + 2
or r or 9z

+KE(Q)W(r,z,w)=- %5(z—zx)5(r). (11)

The depth of the source is z; and it is at a radius, r, of zero.
The acoustic wave number is k=w/c(z).

A. Exact solution from normal modes

Pressure perturbations vanish at the surface and at infi-
nite z so W(r,0,0)=0 and lim,_. W(r,z,w)=0. The
solution'' to Helmholtz’s equation is

W(r,z,w) = i, T
=1 f Ai*(z/H - y))dz
0

Ai(z/H - y)Ai(z/H - y)H(&r)

)

(12)

where i is \'Tl, [ is mode number, Ai is the Airy function
given by Eq. (10.4.2) in Ref. 12, —y, is the Ith zero of the
Airy function (all zeros are negative so y, is positive), z is
the depth of the acoustic source,

H= (2ak})™"3, (13)

& =ky—yilH, (14)

and ky=w/cy. The time series at a receiver at cylindrical
coordinate (r,,z,) is obtained from the inverse Fourier trans-
form of Eq. (12).

The group speed of mode [ is

Cg = CO
X (1 _ y,(2ac0)2/3w‘2’3) 1/2(1
—2y,2ace)Pw7¥313)7, (15)

(Eq. 6.6.24 of Ref. 11). These speeds are used to estimate the
mode numbers needed to accurately compute the impulse
response for any desired window of travel time about a se-
lected peak. The Ith vertical mode, which is the Airy func-
tion, Ai(z/H-y;), changes from oscillating to exponen-
tially decaying when its argument is zero, i.e., Z=yH.
Since the zeros of Ai are negative real numbers,'> with
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Yi1>>Y;, the turning depths are positive and the turning
depth of mode [+1 is greater than mode /.

B. Approximate solution from parabolic approximation

The sound-speed insensitive parabolic approximation9
yields accurate travel times, is efficient due to its split-step
algorithm, and obeys reciprocity. It is important that reci-
procity is obeyed because a proof1 for reciprocity is provided
by the integral theorem of Helmholtz and Kirchhoff. In this
paper the computational grids in depth and range are made
sufficiently small to achieve convergence of the solution. The
parabolic approximation yields estimates of W;(x,.,z,w), i
=0,1.

This algorithm for the parabolic approximation requires
the depth of the bottom and the geoacoustic properties of the
subbottom. The subbottom, starting at 5500-m depth, is con-
structed to absorb incident energy in the following way. The
sediment thickness is 300 m. The speed of sound at the top
of the sediment divided by that at the bottom of the water
column is 0.5. This causes incident energy to refract down-
wards into the sediment. The density of the sediment and
water are taken to be equal to minimize reflections at the
interface. The attenuation in the sediment is a(f)=0.2f (dB/
m), where f is acoustic frequency in kHz. The derivative of
speed with depth is 0.001 s~! in the sediment. The density of
the lower basement layer is two and one-half times that of
the water. The speed of sound in the basement is twice that at
the bottom of the sediment layer. The attenuation in the base-
ment is a(f)=0.5""! (dB/m). Diffracted regions will only be
considered that do not interact with the bottom because the
bottom is absent in the solution based on normal modes.

C. Solution from ray approximation

Regions of influence are compared with rays. The ray
program, zray, and its eigenray finder have been described
and successfully used to study acoustic propagation for many
experiments.m’14 Its results agree with analytical solutions.
Sound speeds used by the ray program are the same as those
used by the parabolic approximation on its computational
grid. Between grid points, the speed is obtained using a qua-
dratic spline. The spline goes through each grid point without
gradient discontinuities.’

D. Results

In Eq. (10), we set ¢,=1500ms™!' and a=12
X107 m™. The speed increases by about
18 ms~! per 1000 m of depth. Sidelobes are minimized in
the time domain by applying a Hann taper in the frequency
domain between f,+20 Hz where the center frequency is f..
The taper is zero at f.+20 Hz, yielding an effective band-
width of 20 Hz and a time resolution of 2LO=O.05 S.

Regions of influence are computed for the pulse having
a travel time near 33.2 s. For ray theory, the travel time of
this pulse is 33.205 s. The lower turning depth of the ray is
about 1000 m. It reflects once from the surface [Figs. 1(a)
and 1(f)]. At a pulse resolution of 0.05 s, it is almost tempo-
rally resolved from its nearest ray arrival at 33.277 s that
reflects twice from the surface [Figs. 1(a) and 1(f)]. These
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FIG. 1. (a, b) Two rays between source and receiver at
5-m depth and 50-km separation compared with the
constructive region of influence as a function of center

frequency. The simulated signal has a bandwidth of
20 Hz, and a center frequency of 100, 500, 1250, and

2500 Hz in panels (b)—(e) and (g)—(j), respectively. Re-
sults are for the differential measure of influence of the
first type (highest peak within the window of travel

time) and the Huygens-Fresnel principle with inclina-
tion factor equal to unity [Eq. (8) for k=1 using Eq.

(4)]. The left (right) column shows regions that contrib-
ute 0.9 (0.99) of the amplitude of the peak within the
window of travel time. The speed of sound varies with

depth according to Eq. (10) with ¢,=1500 ms~' and
a=12X10" m™.

- - & d
(e)
o] 10 20 30 40 50
RANGE (km)

arrivals appear to be temporally resolved in the impulse re-
sponses of all solutions (not shown). As will be seen, how-
ever, a little energy from the later arrival leaks into the time
window surrounding the earlier arrival.

The region of influence is estimated using the Huygens-
Fresnel principle [Eq. (4)] at center frequencies of 100, 500,
1250, and 2500 Hz. We consider the energy arriving within
+0.025 s of the peak corresponding to the arrival at 33.2 s.
Solutions for Wy(x,.,z,w) and W;(x,.z,w) are provided
from normal modes. The fractional amplitude method is used
to reconstruct the region of influence for fidelities of f=0.9
and f=0.99. Both ray paths are visible at 2500 Hz with a
fidelity of 0.99 [Figs. 1(j) and 2(j)]. At a fidelity of 0.9, the
ray that bounces twice from the surface is barely visible at
this frequency [Figs. 1(e) and 2(e)]. At a fidelity of 0.99 and

a center frequency of 1250 Hz (panel i), the region of influ-
ence has features that look unlike a ray. For example, sound
hugs the surface over a distance of about 5 km where it
reflects from the surface near 25 km of range. Other regions
of space do not correspond to a ray path. At 2500 Hz, depar-
tures from ray paths are more evident for regions constructed
with a fidelity of 0.99 rather than 0.9 [Figs. 1(e), 1(j), 2(e),
and 2(j)]. Regions of influence look more raylike as the cen-
ter frequency increases.

Constructive and destructive regions of influence are
shaded as black and gray respectively in Figs. 1 and 2. They
are most evident at 100 Hz where they occur as interleaving
filaments. It is important to note that Figs. 1 and 2 do not
show paths of sound between the source and receiver. Rather
they shows constructive and destructive regions of influence.

FIG. 2. Same as Fig. 1 except only destructive regions
of influence are shown (gray) in (b)—(e) and (g) and (h).

20 30
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FIG. 3. Region of influence for propagation of path with one surface reflec-
tion in an otherwise homogeneous medium with wave speed 1.5 km/s. The
source and receiver are at depths of 2 km. To minimize sidelobes in the time
domain, a Hann taper is applied in the frequency domain to the emitted
signal between 100+40 Hz. The taper is zero at 60 and 140 Hz, yielding an
effective bandwidth of 40 Hz and a time resolution of about 5:0.025 S.
The arrows indicate where two destructive paths of influence approach the
surface. Adapted from Fig. 6 of Ref. 8.

For example, a region of influence shaded black at some
range means that the signal from the source passing through
an aperture on a screen corresponding to the black region has
a significant influence on the measure of influence at the
receiver. Where the signal goes before or after the aperture is
a different question.

The region of influence near the surface reflection shows
a black triangular region [Figs. 1(b) and 1(g)]. It looks like
that seen for a single reflection from a flat interface in ho-
mogeneous media (Fig. 3). For this later case, this triangle is
carved out of the main region that corresponds to a specu-
larly reflecting ray. There are two intense destructive regions

of influence whose corresponding paths of influence arrive
with phases one-half cycle greater than the signal from the
main region.8 The coherent addition of waves from the main
region and those corresponding to the destructive region of
influence destructively interfere across the main region. This
causes the triangular region at the surface that is carved out
of the main region.

The intersection of the destructive region of influence
with the surface corresponds to strong destructive paths of
influence that seem to reflect from the surface at locations
indicated by arrows in Fig. 3. However, they are caused by
edge-diffracted rays described by the geometrical theory of
diffraction.”® In Fig. 3, we see other constructive and de-
structive regions of influence. Proceeding to the left from the
leftmost arrow, we see alternating destructive and construc-
tive regions corresponding to paths reflecting from the sur-
face indicated in gray and black, respectively. The phases of
the waves corresponding to these paths are 0.5, 1, 1.5, 2, and
2.5 cycles greater than the phase along the main region.8
Their received amplitudes decrease as the cycle difference
increases with respect to the main region because they arrive
later than the waves corresponding to the main region. Even-
tually, they arrive so late that their influence diminishes to
zero within the selected window of travel time. A similar
interpretation applies to the pattern for the region of influ-
ence for waves seen in the inhomogeneous waveguide [Figs.
1(b), 1(g), 2(b), and 2(g)]. These constructive and destructive
regions of influence are entirely due to diffraction. Their in-
fluence diminishes as the center frequency increases (Figs. 1
and 2).

The differential measure of influence given by Eq. (8)
has all the information needed to quantify significant contri-
butions to the measure of influence. But we may not be in-
terested in cases where adjoining constructive and destruc-
tive regions of influence lead to little net effect on the
measure of influence. An interference filter can be applied to
the differential measure of influence to guide intuition for

FIG. 4. Same as Figs. 1 and 2 except the interference

filter is used.
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FIG. 5. Same as Fig. 1 except the measure of influence
of the second type is used (energy of time series within

window of travel time).
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regions of influence that are signiﬁcant8 (Fig. 4), We see that
the filtered region of influence becomes more raylike at
higher frequency. The constructive paths of influence have
more influence than the destructive paths of influence. This
fact leads to the resemblance of the filtered and unfiltered
regions of influence. The constructive paths of influence are
partially canceled out by the destructive paths of influence,
but not totally so. Waves corresponding to the main region of
influence (specular reflection) have the largest amplitudes at
the receiver. The strongest destructive path of influence is
only one-half wavelength longer than the path for the main
region. Thus, waves corresponding to the first destructive
path of influence undergo about the same geometrical
spreading loss as waves corresponding to the main region.
However, the first destructive path of influence arrives later
than waves from the main region, leading to a significant
amount of its energy arriving later than the selected window
of travel time. Thus, the net contribution from the main re-
gion and first destructive path of influence is won by waves
corresponding to the main region. The same explanation ap-
plies to subsequent pairs of constructive and destructive
paths of influence. The next pair of constructive and destruc-
tive paths of influence is dominated by the constructive path
because it arrives less late than its destructive partner. The
later the arrival, the less the influence in the selected window
of travel time. If the constructive and destructive paths of
influence arrived almost entirely within the selected window
of travel time, their effects on the measure of influence
would be insignificant because they would cancel each other.
The interference filter is telling us that the constructive paths
dominate the destructive paths of influence.

The region of influence looks about the same when we
use the measure of influence of the second type (energy of
time series within window of travel time) (Figs. 5 and 6). It
is interesting that the weak ray path with two surface reflec-
tions does not appear with stronger contribution for the cho-
sen values of fidelity. Its effect is still there [e.g., Figs. 5(i)
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and 6(i)] but is weak. Application of the interference filter
yields a region of influence much like that seen for the first
measure of influence (Fig. 7). As before, a center frequency
of 2500 Hz looks much more raylike than at 100 Hz.

We compare the region of influence at 100 Hz using the
exact solution of the wave equation (normal modes) with the
solution wusing the sound-speed insensitive parabolic
approximation9 [Figs. 8(a) and 8(b)]. Panel (a) is the same as
Fig. 4(b). Results are similar, which means that this parabolic
approximation is accurate in this application. When we use
the more accurate theory of diffraction based on the integral
theorem of Helmholtz and Kirchhoff,1 results are very simi-
lar [Fig. 8(c)]. The reason for the similarity is that acoustic
waves are propagating in a nearly horizontal direction. Thus
the effect of the inclination factor' in the Huygens-Fresnel
theory is small. We have set the inclination factor to unity,
which is evidently accurate for this case.

IV. LONGER DISTANCE PROPAGATION

The region of influence at 2500 Hz is computed for a
case that is identical to Sec. III D except the range between
the source and receiver is 500 km instead of 50 km. A tem-
porally resolved peak is chosen from the normal mode solu-
tion having a travel time of 331.7625 s. The neighboring
peaks at 331.5625 and 331.9250 s are much further away
than the pulse resolution of 0.05 s centered on the peak at
331.7625 s. A raytrace shows the peak to correspond to a
single ray leaving the source downward at an angle of
9.7166 deg with a travel time of 331.755 s [Fig. 9(a)]. This
differs slightly from the travel time of 331.7625 s computed
via normal modes because of diffraction. The net region of
influence is estimated using the Huygens-Fresnel principle
and the fractional amplitude method as before. The fidelity of
the fractional amplitude method is f=0.9. We use the mea-
sure of influence of the first type (highest peak in selected
window of travel time). It looks more like a ray near the
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FIG. 6. Same as Fig. 2 except the measure of influence
of the second type is used (energy of time series within

window of travel time).

9 - T = o
(d)
o ,ﬂa,
; - -
(e)
0 10 20 30 40 50 0 10 20 30 40 50
RANGE (km) RANGE (km)

source and receiver than in the central regions, where it ex-
hibits many unraylike features such as diffuse regions near
the surface [Fig. 9(b)]. Evidently, a center frequency of
2500 Hz is too low for the region of influence to look like a
ray. If the fidelity of the reconstruction was increased to f
=0.99, the region of influence would appear even more un-
like a ray, just as seen for the cases at a distance of 50 km.
Because the computations are lengthy at 2500 Hz, calcula-
tions are not attempted at higher frequency. This simulation
uses the first 1000 vertical modes at each acoustic frequency
so as to guarantee an accurate solution for Helmholtz’s equa-
tion.

V. DISCUSSION AND CONCLUSION

We investigated the regions of space that influence the
waveform of a transient signal traveling between a source

0

0

and receiver at 50 and 500 km in an idealized waveguide. At
infinite frequency, these regions of influence coincide with
one or more ray paths. At finite frequency, the regions of
influence depart from the ray picture because of diffraction.
At a distance of 50 km, we found it necessary to go to a
center frequency near 2500 Hz to obtain a region of influ-
ence that resembles a ray. The region of influence could be
accurately calculated for any mix of approximations that in-
clude the sound-speed insensitive parabolic approximation
and the Huygens-Fresnel theory of diffraction using an incli-
nation factor of unity. These approximate solutions are very
similar to solutions based on an exact solution of the wave
equation via normal modes and the integral theorem of
Helmbholtz and Kirchhoff. This theorem automatically com-
putes the correct inclination factor on each part of a screen.'
At a center frequency of 2500 Hz, the region of influence

1

" ®

FIG. 7. Same as Figs. 5 and 6 except the interference
filter is used.
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FIG. 8. (a) Region of influence computed with exact
solution of wave equation (normal modes, 100 Hz cen-

DEPTH (km)

ter frequency, 20 Hz bandwidth) and Huygens-Fresnel
principle for the measure of influence of the first type
(highest peak in selected window of travel time). The
interference filter has been applied so this is identical to
Fig. 4(b). The region of influence is reconstructed with
a fidelity of f=0.9. (b) Same except the wave equation

is solved with the sound-speed insensitive parabolic
approximation.9 (c) Same as (b) except effects of dif-

DEPTH (km)

fraction are computed from the integral theorem of
Helmholtz and Kirchhoff.!

0 5 10 15 20 25 30 35 40
RANGE (km)

can look like a ray at a distance of 50 km, but can exhibit
nonraylike features at 500 km. We conclude that both the
center frequency and distance of wave propagation are fac-
tors contributing to departures from a ray path.

Regions of influence were previously computed using
theories of diffraction based on the Huygens-Fresnel prin-
ciple and the integral theorem of Helmholtz and
Kirchhoff.*'* These theories are implemented by solving the
Green’s function at a screen from both the source and re-
ceiver for many frequencies. This paper demonstrates that
the sound-speed insensitive parabolic approximation9 yields
Green’s functions similar to those computed from exact so-
lutions of the wave equation using normal modes. The pre-
vious computations for regions of influence®" are further
validated here because the previous computations used the
sound-speed insensitive parabolic approximation.

We found it possible to explain some features of the
region of influence at low frequencies near 100 Hz with the
idea of constructive and destructive paths of influence. It
appears that some but not all paths of influence are caused by
edge-diffracted rays.7’8 The constructive and destructive
paths of influence significantly affect both measures of influ-
ence used in this study. Their effects grow smaller as the
center frequency increases to 2500 Hz. Since these paths are
due to diffraction only, they must vanish at sufficiently high
frequencies.

It appears that for some cases at 50-km range, the region
of influence looks much like a ray at frequencies above
2500 Hz, even when the fidelity of the measure of influence
is reconstructed within 99% (f=0.99) of the complete mea-

0.5

DEPTH (km)

FIG. 9. (a) Ray between source and receiver at 5-m
depths and 500-km distance. Sound travels this path in
331.755 s. The sound speed field is the same as used for
(a) Fig. 1. (b) The corresponding region of influence for

T T T T T T T
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energy centered at 2500 Hz arriving within a pulse
resolution of 0.05 s centered on the peak of the impulse
o response at 331.755 s. The acoustic fields are computed
exactly using normal modes. The region of influence is
estimated using the interference filter, the Huygens-
Fresnel principle, and the fractional amplitude method

T
450 500

é with a fidelity of f=0.9. The net region of influence has
s r many un-ray-like features at this distance, despite the
% fact that the center frequency is large.
154 % K
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sure of influence. At distances of 500 km, it appears neces-
sary that the center frequency be much larger to yield a re-
gion of influence that looks like a ray.

ACKNOWLEDGMENTS

This research was supported by the Office of Naval Re-
search Contracts No. N00014-03-C-0155, and No. N0O0O14-
06-C-0031, and by a grant of computer time from the DOD
High Performance Computing Modernization Program at the
Naval Oceanographic Office. I thank the reviewers and edi-
tor for their comments.

1Principlex of Optics: Electromagnetic Theory of Propagation, Interfer-
ence, and Diffraction, M. Born and E. Wolf, with contributions by A.
Bhatia et al. (Cambridge U. P. Cambridge, 1999).

ZA. W. Trorey, “A simple theory for seismic diffractions,” Geophysics 35,
762-784 (1970).

R.W. Knapp, “Fresnel zones in the light of broadband data,” Geophysics
56, 354-359 (1991).

M. Bruhl, G. J. O. Vermeer, and M. Kiehn, “Fresnel zones for broadband
data,” Geophysics 61, 600-604 (1996).

1850 J. Acoust. Soc. Am., Vol. 120, No. 4, October 2006

3B. R. Zavalishin, “Diffraction problems of 3D seismic imaging,” Geophys.
Prospect. 48, 631-645 (2000).

©J. Pearce and D. Mittleman, “Defining the Fresnel zone for broadband
radiation,” Phys. Rev. E 66, 056602 (2002).

J. B. Keller, “Geometrical theory of diffraction,” J. Opt. Soc. Am. 52,
116-130 (1962).

1L Spiesberger, “Regions where transient signals are influenced between
a source and receiver,” Waves Random Media 16, 1-21 (2006).

°F. Tappert, J. L. Spiesberger, and L. Boden, “New full-wave approxima-
tion for ocean acoustic travel time predictions,” J. Acoust. Soc. Am. 97,
2771-2782 (1995).

1. Bowlin, “Generating eigenray tubes from two solutions of the wave

equation,” J. Acoust. Soc. Am. 89, 2663-2669 (1991).

""L. M. Brekhovskikh and Y. P, Lysanov, Fundamentals of Ocean Acoustics
(Springer-Verlag, New York, 1991), p. 270.

M. Abramowitz and 1. A. Stegun, Handbook of Mathematical Functions
(Dover, New York, 1972), p. 1046.

13J. B. Bowlin, J. L. Spiesberger, and L. F. Freitag, “Ocean acoustical ray-
tracing software RAY,” Woods Hole Oceanographic Technical Rept.,
WHOI-93-10, Woods Hole, MA. (1992).

“y L. Spiesberger, “An updated perspective on basin-scale tomography,” J.
Acoust. Soc. Am. 109, 1740-1742 (2001).

By L. Spiesberger, “Locating where transient signals travel in inhomoge-
neous media,” http://www.arxiv.org/abs/physics/0501162 (2005).

John L. Spiesberger: Region of influence at high frequency



The use of microperforated plates to attenuate cavity resonances

Benjamin Fenech?
Acoustic Technology, Orsted-DTU, Technical University of Denmark, Building 352, (rsteds Plads,
DK-2800 Kgs. Lyngby, Denmark

Graeme M. Keith”
@degaard & Danneskiold-Samsge, Titangade 15, DK-2200 Copenhagen N, Denmark

Finn Jacobsen®
Acoustic Technology, Qrsted-DTU, Technical University of Denmark, Building 352, @rsteds Plads,
DK-2800 Kgs. Lyngby, Denmark

(Received 31 October 2005; revised 30 June 2006; accepted 3 July 2006)

The use of microperforated plates to introduce damping in a closed cavity is examined. By placing
a microperforated plate well inside the cavity instead of near a wall as traditionally done in room
acoustics, high attenuation can be obtained for specific acoustic modes, compared with the lower
attenuation that can be obtained in a broad frequency range with the conventional position of the
plate. An analytical method for predicting the attenuation is presented. The method involves finding
complex eigenvalues and eigenfunctions for the modified cavity and makes it possible to predict
Green’s functions. The results, which are validated experimentally, show that a microperforated
plate can provide substantial attenuation of modes in a cavity. One possible application of these
findings is the treatment of boiler tones in heat-exchanger cavities. © 2006 Acoustical Society of

America. [DOI: 10.1121/1.2258438]
PACS number(s): 43.20.Hq, 43.50.Gf [RR]

I. INTRODUCTION

For a number of years, microperforated plates have been
used as an alternative to fibrous absorptive materials to pro-
vide absorption at the boundary surfaces to acoustic cavities.
Microperforated plates are particularly well suited to appli-
cations requiring tolerance to high temperatures, such as the
heat exchanger cavities of boilers, and sterile environments
where the introduction of small fibrous particles is unaccept-
able.

Traditionally, the plates are located a fixed distance from
the wall of the cavity and their acoustic characteristics are
described in terms of the reflection and absorption of incom-
ing acoustic waves at the plate. This approach is particularly
effective at high frequencies where a large number of modes
play a significant role in the acoustic behavior of the cavity,
and the direction of the incoming waves on the plate can be
thought of as being distributed in an almost continuous way,
in other words, when the sound field is diffuse.

There are, however, several applications that require at-
tenuation at low frequencies where the acoustic response is
dominated by a handful of well-separated modes. One such
application is the treatment of so-called boiler tones."” These
are generated by an unstable interaction between the acoustic
response to the excitation caused by unsteady flow and the
unsteady flow itself and can lead to extremely high levels of
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tonal noise at even fairly modest flow speeds. Tones can be
identified with particular individual acoustic eigenmodes,
and the problem is to find a method of increasing the attenu-
ation of a given mode, or a handful of selected modes, rather
than to increase the attenuation across a broad range of fre-
quencies.

In these situations, much greater levels of attenuation
can be achieved by locating the microperforated plate at
some point well inside the cavity. Wherever the plate is lo-
cated, an accurate analysis of the acoustic characteristics of
the plate in the cavity at low frequencies must take account
of the modal structure of the cavity. A local analysis at the
plate surface is no longer adequate because the “incident”
and “reflected” waves are strongly linked through the bound-
ary conditions at the walls of the cavity. The problem be-
comes essentially a complex eigenvalue problem.

In using microperforated plates in this way to attenuate
specific low frequency modes in a cavity, there are two key
practical questions that need to be addressed: “What is the
optimal location of the plates?” and “What is the flow im-
pedance of the plate that provides the optimal attenuation?”
Obviously, such optimization requires a reliable model for
predicting the effect of the plates. This paper focuses on the
development and validation of such a model. Thus, a theo-
retical paradigm is presented, a simple analytical model
based on this paradigm is derived, and the results of an ex-
perimental test of the validity of this model are presented.

Il. OUTLINE OF THEORY
A. Boundary conditions and power loss
Consider a volume () divided into two subvolumes Q*

and ()~ by a perforated plate lying on a surface II. At each
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FIG. 1. A volume () with boundary J€) divided by a perforated plate on the
surface II into two subvolumes " and )~ with outward pointing normals
n* and n".

point xp; on the plate, the unit vectors n* and n™ are normal
to IT and are such that n* (respectively, n~) points out of ()*
(respectively, (27); see Fig. 1.

The plate is taken to be sufficiently thin that compress-
ibility effects inside the plate may be neglected. Denoting by
u*(xq) and u(xp) the acoustic particle velocities on the two
sides of the plate at the point x;; CII continuity of mass
gives

ut(xp) - n*(xp) =u(xyp) - nF(x) =—u(xp) - n7(xp).

(1)

Viscous losses in the plate support a pressure discontinuity
across the surface II. In the linear limit, this pressure differ-
ence is taken to be proportional to the component of the
acoustic particle velocity normal to the surface. Denoting by
pt(xqp) and p~(xy) the pressures on the two sides of the plate
at the point xy;, we have

p*(xp) = p~(xn1) = R(@)u*(xpy) - 0" (xp), )

where R(w) is the flow impedance, which is typically a com-
plex valued function of the frequency w.

The Fourier transform of the linearized Euler momen-
tum equation gives a relation between the acoustic particle
velocity and the gradient of the pressure,

Vp =iwpyu (3)

(in which p, is the density of the medium), and turns the
plate conditions given by Egs. (1) and (2) into conditions
involving only the pressure and its gradient,

Vp*(xp) - n*(xqp) = = Vp~(xqp) - n™(xpp), (4)

1
R(“’)—vp ) mtxn, ()
Poco kg

pr(xp) = p(xp) =

where ¢ is the speed of sound and ky=w/c( is the wave
number. For a given pressure field p(x, ) inside the volume
Q) the time averaged sound power dissipated by the perfo-
rated plate is given by

P w)= %9% fn [p*"(x, w)u*(x,w) - n*
+p (X, w)u (X, ) -n"]d% ¢, (6)

which with Egs. (1) and (2) can be written
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FIG. 2. A rectangular prism with a perforated plate.

P w)= %%{R(a))}J lu* - n*|2d%x. (7)
I

Thus the dissipated power is proportional to the real part of
the flow impedance and the square of the magnitude of the
normal component of the velocity at the plate surface, aver-
aged over the plate. Clearly if the real part of the flow im-
pedance is zero then there is no dissipation. On the other
hand, if the real part of the flow impedance is too great then
the plate becomes effectively impenetrable, the normal com-
ponent of the velocity through the plate is zero, and there is
no dissipation. Between these two extremes there is an opti-
mal flow impedance, the determination of which requires
further knowledge of the pressure field inside the cavity.

All the standard results regarding the acoustics of closed
cavities with losses follow.? In particular there exists a com-
plete set of orthogonal eigenfunctions &,(x,w) with corre-
sponding eigenvalues «,(w) such that

(V2 +K)€,=0, (8)

subject to the boundary conditions given by Egs. (4) and (5).
Note that due to the frequency dependence of the boundary
condition, the eigenvalues and eigenfunctions will in general
be functions of the (real) frequency w. Any given pressure
field in ) can be written as a weighted sum of the eigen-
functions. In particular, the Green’s function for the cavity,
which satisfies

(V2 +k)G(x,y;0) == 8x —y), 9)
is given by3

o _EMEW)
,,21 VIky - r(@)]”

where x and y are the source and receiver positions, respec-
tively.

G(x,y;o (10)

B. A one-dimensional eigenvalue problem

The simplest problem involving a cavity and a perfo-
rated plate is that of a rectangular enclosure with the plate
located perpendicular to one of the axes; see Fig. 2. This
problem can be solved by separation of variables, and since
the solutions in the two directions parallel to the plate are
trivial the problem essentially reduces to the one-
dimensional eigenvalue problem
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X/ (x) + alzXl(x) =0, (11)

subject to hard walled boundary conditions at the ends of the
cavity, viz. X;(0)=X;(a)=0, and the one-dimensional
equivalents of Egs. (4) and (5)

X/ (d) =X](d"), (12)

RO Ly, (13)
Poco ko

X(d") - X\(d") =

It is convenient to introduce the nondimensional variables

X=xla, o6=dla, a=aa, w=walcy,
(14)

R= R/(poco)-

Eigensolutions that satisfy the end boundary conditions can
be written

X = A cos[ ax] x<9s, (15)
Y2 Beosfa(1 -0] x>0,

and the first plate condition, Eq. (12), gives
A sin[éa] + B sin[(1 - d)a] =0. (16)

Clearly Eq. (16) is satisfied if both sin[éa] and sin[(1
—d)a] are zero. In this case, it can easily be shown that
sin[a@] is also zero. These modes correspond to the eigen-
modes with no plate present that have zero particle veloc-
ity at the location of the plate and thus automatically sat-
isfy both plate conditions. If i and j are integers such that
i/j is a fraction in its lowest terms and i/j=6/(1-0), then
a;=lw with I=m(i+j) and m=1,2,3..., are eigenvalues
with eigenfunctions

X,(x) = \2 cos(@x) (17)

that automatically satisfy both plate conditions.
The second plate condition, Eq. (13), together with Eq.
(16), give the following eigenvalue equation for a:

isin[a] + 5& sin[ daJsin[(1 — S) @] =0. (18)
W

This equation has been solved for @ by Newton-Raphson
iteration, using the set of eigenvalues corresponding to the

case with no plate as starting guesses. Since the ratio R/w
depends on the frequency a solution strategy was developed
that involved tracking each eigenvalue as a function of the
ratio from the no-plate case, zero, to its value at the corre-
sponding frequency. The number of intermediate values of
the ratio was determined by requiring the change in the ei-
genvalue corresponding to a change in the ratio not to exceed
a specified limit. With tolerances appropriately chosen, this
method proved to be extremely robust and remarkably fast.
Note that this method does not make any requirement of the
ordering of the eigenvalues for a finite flow impedance, as
the eigenvalues may (and indeed do) swap places in a list
ordered by the size of the real part.
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C. The analytical model used for comparison with
experiments

The method described in the preceding section furnishes
a set of eigenvalues that map continuously to the eigenvalues
of the zero flow impedance case. Returning now to dimen-
sional notation, the eigenvalues with the plate can be written
a=a;/a. If 1 is an integer multiple of (i+j), where i and j
are integers with no common factors such that i/j=4/(1
—0), then the zero flow impedance eigenfunction automati-
cally satisfies the plate conditions a;=a;o=I7/a and the
eigenfunction is given by Eq. (17). Otherwise, the eigenfunc-
tions can be written

— Apin[(1 = ajalcos[ax] x<d,
X(x) = . (19)
Aysin[ Sayalcos] aya — x)] x>d,
where A; is a normalizing factor defined by
J X;(x)dx=a. (20)
0

Consider now the acoustic cavity shown in Fig. 2 with di-
mensions a, b, and c. It is trivial to show that eigenfunctions
of the Helmholtz equation in such a cavity are given by

gl,m,n(x) = Xl(x) Ym(y)Zn(Z) B (21)

where Y, (y):vE cos(B,y) with B,=m/b for m=1, and
Z,(z2)=v2 cos(y,z) with y,=nm/c for n=1. The corre-
sponding eigenvalues are given by

Kipn = 0]+ B+ V. (22)

For one or more of /, m, or n equal to zero, the corresponding
eigenfunctions X, Y, and Z, are unity.

The resulting eigenfunctions may be divided into axial,
tangential, and oblique modes in the usual manner. The only
modes that are not affected by the presence of the perforated
plate are modes which, in the absence of the plate, have zero
particle velocity in the x direction at the position of the plate.
These include modes with wave motion only in the direction
parallel to the plate. An axial mode in the y direction, for
example, will not be affected by the presence of the plate.

In the limit of an infinite flow impedance of the plate the
eigenmode structure tends to the eigenmode structure of two
independent cavities, as one would expect. For each mode in,
say, the left subcavity the corresponding mode in the com-
bined cavity is equal to the mode in the left subcavity and
identically zero in the right subcavity. Such a mode satisfies
the boundary conditions and the governing equations every-
where and has a real-valued eigenfrequency equal to the
eigenfrequency of the mode in the left subcavity. With a
source in, say, the left subcavity the Green’s function is zero
if the receiver position is in the right subcavity because all
modes that are nonzero in the left subcavity are identically
zero in the right subcavity.

Using the eigenfunctions given by Eq. (21) in Eq. (10),
the analytical model has been compared with numerical (fi-
nite element) calculations performed using the commercial
finite element code ACTRAN, and the results were found to be
virtually indistinguishable. This showed that the analytical
solution provides a solution of the Helmholtz equation sub-
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ject to the appropriate boundary and plate conditions [Egs.
(4) and (5)]. In Sec. I1I B it is investigated through a series of
experiments whether these boundary and plate conditions are
a reasonable model for the behavior of real perforated plates
in a real cavity.

lll. EXPERIMENTAL VERIFICATION
A. The flow impedance of a microperforated plate

Microperforated plates are available in various formats,
ranging from thin transparent films that can be mounted in
front of windows to much more robust metal plates for use at
high temperatures or in other harsh environments. Many
manufacturers offer microperforated plates as a complete
acoustic absorber package (i.e., a perforated plate mounted at
a certain distance from some rigid backing). A few others
offer individual plates, giving much more flexibility to the
noise control engineer.

A plate with the required dimensions was supplied by
the Swedish manufacturer Sontech.* Microperforated plates
under the trade name Acustimet form part of the airborne
sound absorption materials group and are available in mild
and stainless steel, and aluminum. The perforations are pro-
duced by punching rather then drilling; this produces a
sharp-edged hole geometry that is extremely difficult to de-
fine geometrically. The plate supplied was made of alumi-
num, and came with the smallest perforation size that the
company produces.

One of the most important parameters of the analytical
model described in Sec. II is the flow impedance of the mi-
croperforated plate. Unfortunately, the manufacturer does not
provide such data. Manufacturers rarely provide this quan-
tity, but prefer to use the absorption coefficient. However,
whereas one can calculate the absorption coefficient from the
flow impedance if the configuration is known, one cannot
calculate the flow impedance from the absorption coefficient.
The starting point in the investigation was thus to determine
the flow impedance of the given plate.

One possibility might be to use a set of relationships
derived by Maa.” Maa’s equations are the result of an analy-
sis where the microperforated plate is treated as a lattice of
short narrow identical tubes with a certain diameter and a
length equal to the thickness of the plate. However, the con-
cept of diameter and thickness cannot be attributed to the
punched perforations in the Acustimet plates, since each hole
has a unique geometry with sharp edges that protrude out of
the surface of the plate. Accordingly, it was decided to de-
termine the flow impedance experimentally.

A widely accepted method of measuring the flow imped-
ance of a perforated plate has been devised by Ingard and
Dear.® This simple method is known to give reliable results,
but it suffers from one major drawback: It gives the flow
impedance only at certain discrete frequencies. Ren and Ja-
cobsen have further developed this method to give the flow
impedance as a continuous function of the frequency.7 A
sample of the material is placed in an impedance tube driven
by a loudspeaker at one end and terminated near
anechoically at the other end. Two microphones are mounted
on either side of the sample, with their diaphragm flush with
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Normalized flow impedance of micro-perferated plate
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FIG. 3. Real and imaginary part of measured flow impedance of the Acus-
timet sample, and linear fits. The data are normalized with pyc,.

the inside surface of the tube. The complex flow impedance
is calculated from the measured transfer function between
the two microphones. Reflections from the near-anechoic ter-
mination, and possible amplitude and phase mismatch of the
two microphones are taken into account.”

A number of different samples were tested using this
method, including conventional perforated plates with circu-
lar holes of submillimeter size. In general, the results agreed
qualitatively and quantitatively well with Maa’s theory, ac-
cording to which the real part of the flow impedance depends
weakly on the frequency, whereas the imaginary part is es-
sentially masslike.” The method is rather sensitive to how the
sample is mounted inside the tube, and leaks and structural
vibrations in the sample can be difficult to eliminate com-
pletely. However, errors due to these effects dominate only at
specific frequencies and a linear regression fit can be used to
retrieve the general trend. Figure 3 shows the flow imped-
ance (real and imaginary parts) and corresponding linear ap-
proximation of the Acustimet sample used for the experi-
mental validation of the theoretical model described in Sec.
II. The results are normalized by pycy. The holes in this
I-mm-thick sample can be considered to be slits approxi-
mately 3.5-mm long and 0.2-mm wide. The fractional open
area was estimated at 2-3 %; this explains the relatively high
impedance values.

B. Green’s function in a cavity with a microperforated
plate

A set of experiments were carried out in a rectangular
cavity with dimensions of 2, 1.2, and 0.2 m; see Fig. 4.
These dimensions correspond to the x, y, and z coordinates
as defined in Fig. 2. The dimensions of the cavity were cho-
sen such that below 850 Hz, the cavity acts as a two-
dimensional space; and the frequencies at which the first
modes occur are reasonably spaced apart. The cavity was
constructed of 22-mm fiberboard panels screwed and glued
together, except for the front vertical panel, which was re-
movable so to allow easy access to the inside of the cavity.
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FIG. 4. The flat rectangular cavity used in the experiments. The volume velocity of the loudspeaker that drives the cavity is deduced from the sound pressure
in a small box enclosing the back of the loudspeaker. Three unused loudspeakers from an earlier experiment are covered by aluminum plates.

Acoustic modes inside the cavity were excited using
white noise generated by a loudspeaker with a diameter of
9 cm mounted on one of the vertical side panels. Pressure
measurements inside the cavity were taken through holes in
the top panel using an electret microphone with a diameter of
10 mm mounted on the tip of a 1.2-m-long rod. This setup
made it possible to measure at a grid of points inside the
cavity, so that given a sufficient amount of data points, the
mode shape at a particular frequency could be reconstructed.
Data was acquired using Briiel and Kjar’s “Pulse” front-end
and software, which was also used to carry out the fast Fou-
rier transform (FFT) analysis. To get the Green’s function the
sound pressure data was normalized with the density of air
and the volume velocity of the loudspeaker Q, estimated
from the sound pressure p,. measured in a small box enclos-
ing the back of the loudspeaker

2
pe=-0"0, (23)
ioV,
where V. is the volume of the small cavity, 1100 cm?; in
other words, the Green’s function was estimated using the
expression

L px) __p(X)(C_o)ZL
Y= o = b o) Vo 24

When a microperforated plate is mounted inside a cavity
driven by a sound source, vibrations of the plate are likely to
occur. Such vibrations obviously affect the relative velocity
of the air oscillating through the perforations, resulting in an
unpredictable damping behavior. To avoid such problems the
microperforated plate of dimensions 1.2X0.2m was
clamped between two wooden frames. This arrangement
raised the first fundamental structural frequency of the plate
from about 60 Hz to above 500 Hz. Although this arrange-
ment may have introduced some level of distortion in the
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sound field very close to the plate, the necessity of a station-
ary plate was given higher priority. In what follows the mea-
sured flow impedance of the plate has been corrected for the
area covered by the supporting frame.

The sound pressure was measured at various locations
inside the cavity. Three sets of measurements were taken: a
reference measurement without the microperforated plate,
and two with the plate mounted at two different positions, in
the middle (at d=1.0 m, cf. Fig. 2) and close to one side (at
d=0.25 m). With the plate in the middle it was expected to
be easy to distinguish between affected and undamped
modes. Modes with /=1,3,5,..., should be significantly
damped (maximum velocity through plate), while modes
with [ even should be practically undamped (velocity node at
plate). For the third case, with the plate mounted close to one
side, the constants i and j as defined in Sec. II B compute to
1 and 7, which implies that the plate has no effect on modes
with [=8,16,...,. These modes are not present below
500 Hz. It follows that all modes occurring with this setup
should be damped with the exception of modes with [=0.

For more accurate comparisons between predictions and
measurements, Eq. (10) was modified to take into account
the finite size of the source (approximated by a square piston
with the same area), and the inherent damping of the cavity,
which turned out not to be negligible. The latter quantity was
estimated from the reverberation time measured in one-third
octave bands without the microperforated plate in the cavity.

The reverberation time was found to be approximately
0.5 s in most of the frequency range of concern—which is
about one order of magnitude shorter than the reverberation
time predicted from viscothermal losses assuming perfectly
rigid walls.® (One-third octave bands were chosen because
one cannot measure short reverberation times with fine fre-
quency resolution.’) The corrected expression is
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FIG. 6. Measured and predicted Green’s function with the microperforated
plate mounted (a) in the middle of the cavity, and (b) near a wall.
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number of modes summed in the x, y, and z directions are
46, 20, and 3, respectively. Figure 6(a) shows the comparison
for the plate in the middle, and Fig. 6(b) shows the case with
the plate close to one of the sides of the enclosure. In gen-
eral, a reasonably good match can be observed in both plots,
and the same trends are observed at other locations inside the
cavity (not shown).

C. Discussion

The experimental arrangement is not perfect. The most
conspicuous difference between predictions and measure-
ments is the small frequency shift between the curves. After
extensive testing, this phenomenon has been attributed to
vibroacoustic interactions between the sound field inside the
cavity and the cavity walls. Such interactions are usually of a
very complex nature, and any attempts to take them into
consideration in the analytical model would give rise to un-
necessary complications. This phenomenon also explains the
peaks picked up by the measurements at around 50 Hz, a
frequency that is significantly below the first acoustic mode
of the cavity (cf. Table I). There are also discrepancies be-
tween the magnitudes of the peaks of some modes. In most
cases these discrepancies can probably be attributed to the
fact that the inherent damping of the cavity was measured in
one-third octave bands. Thus if two modes were present in
the same one-third octave band, an average decay rate was
assumed. Moreover, the vibroacoustic losses of the cavity
may have been affected by the introduction of the plate. Yet
another source of uncertainty is that the wooden frame sup-
porting the plate changes the geometry of the two subcavi-
ties. However, the geometry of the holes of the Acustimet
plate is probably the most serious problem. Given their
three-dimensional shape, which is almost like that of a grater,
it seems reasonable to expect the Acustimet plates to provide
damping even to modes with wave motion only parallel to
the plate. In all probability this explains the damping of
mode (0, 1), occurring approximately at 150 Hz. According
to the model the (0, 1) mode of the empty cavity (with wave
motion tangential to the plate) is simply not affected by the
plate since, in steady state, the (0, 1) modes in the two sub-
cavities match each other exactly so that there is no pressure
drop across the plate and therefore no losses. In other word,
in such cases the model is conservative and underestimates
the damping, as demonstrated in Fig. 6(b).

There seems to be a certain similarity between the be-
havior of the Acustimet plate and bulk-reacting absorbers; in
both cases a normal incidence measurement does not provide
sufficient information for predicting the behavior for inci-
dence at arbitrary angles. However, there is also a significant
difference between these two cases. In a bulk-reacting ab-
sorber there is wave propagation in the material.'® The effect
of a bulk-reacting lining can be determined from equations
expressing the boundary condition of the surface of the ma-
terial (continuity in the pressure and the normal component
of the particle velocity) if the characteristic impedance and
propagation constant of the material are known.'%!! By con-
trast, a strict analysis of the effect of the Acustimet plate
seems to involve coupling the regions on either side of the
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plate through continuity in the pressure and a nonperpen-
dicular component of the particle velocity (or introducing a
tensorial flow impedance), and that would be exceedingly
complicated.

Nevertheless, in spite of all these shortcomings, the ex-
periments certainly confirm the practical utility of the theo-
retical approach presented in Sec. II.

IV. CONCLUSIONS

An analytical method for predicting the attenuation pro-
vided by a microperforated plate in a cavity has been pre-
sented. The microperforated plate is described in terms of its
complex flow impedance. The method involves finding com-
plex eigenvalues and eigenfunctions, and is based on solving
an eigenvalue equation iteratively using the set of eigenval-
ues of the cavity with no perforated plate as starting guesses.
Each of the resulting eigenvalues corresponds uniquely to an
eigenvalue of the cavity without the plate, although the or-
dering may change.

The model has been validated experimentally by com-
paring predicted Green’s functions with measurements with a
microperforated plate mounted in a flat box and using experi-
mentally determined values of the flow impedance of the
plate. Very good agreement was obtained, except for one
mode with wave motion only parallel to the perforated plate.
Because of the peculiar geometry of the punched holes such
modes are actually attenuated by the plate, but since the
model takes account only of the normal component of the
acoustic particle velocity this attenuation is underestimated.
However, in general the substantial attenuation provided by
the microperforated plate was predicted very well. The
model makes it possible to optimize the position of the plate.

These findings show that microperforated plates can pro-
vide useful and predictable attenuation of boiler tones in
heat-exchange cavities. Further research is underway to de-
termine, in general, the optimal location and flow impedance
of a perforated plate for a given cavity geometry, gas tem-
perature, and gas pressure.
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The purpose of this study was to predict the acoustic performance of a fully lined rectangular
plenum chamber having inlet and outlet ports at arbitrary locations. Because no exact analytic
solution exists for this reactive-resistive silencer configuration, numerical methods are only
available for a three-dimensional analysis. The lined plenum chamber was modeled as a
piston-driven rectangular tube without mean flow and the acoustic pressure in the lined chamber was
obtained by superposing the acoustic pressures due to each harmonically fluctuating piston. Air pore
and skeleton material of the porous liner was reduced to an equivalent medium; thus, its acoustic
characteristic was given by bulk-reacting liner properties. A single weak variational statement,
which satisfies the conditions of the oscillating piston and all necessary boundary conditions, was
developed. The Rayleigh-Ritz method was employed as the numerical scheme for the derived
variational statement. Using a transfer matrix and measured material properties, all possible types of
lined plenum chambers were tested. Computed results were compared with the predicted
transmission loss by the locally reacting liner model and experimental results. Transmission loss
predicted by the Rayleigh—Ritz method using the bulk-reacting liner model agreed well with the

measured one. © 2006 Acoustical Society of America. [DOI: 10.1121/1.2336748]

PACS number(s): 43.20.Mv, 43.20.Bi [LLT]

I. INTRODUCTION

Lined rectangular plenum chambers which can be re-
garded as reactive-resistive silencers' are commonly used for
attenuating mid- to high-frequency noise emitted from
HVAC (heating, ventilating, and air conditioning) and intake/
exhaust systems of commercial vehicles and heavy machin-
ery. Rectangular plenums can be also used when the overall
ductwork is to be made compact and simple. In comparison
with typical dissipative silencers, such as the splitter silencer,
they would have a relatively large amount of noise attenua-
tion at low frequencies, which is benefited from the reactive
action of the chamber. The analysis presented in this paper
embodied a low frequency approach for a rectangular ple-
num by assuming the plane wave propagation at inlet/outlet
ports.

The lined rectangular plenum chambers can have a dis-
advantageous feature in having a certain amount of pressure
loss due to abrupt area expansion and contraction or flow
reversal; however, this drawback might be insignificant in
many actual cases. Also, for the same volume and major
length of the chamber, a rectangular chamber includes many
flat larger surfaces than a circular one, so a rectangular
chamber is disadvantageous from the viewpoint of control of
sound radiation and transmission. However, it can maximally
and compactly utilize a given space or volume for silencers;
it can also be fitted into a space forming a flush face with
adjacent structural parts, which is beneficial both aerody-
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namically and aesthetically. Some commercial trucks em-
ployed lined rectangular silencers, perhaps for these reasons.

An approximate expression for the attenuation of the
lined rectangular plenum chamber” exists, using the absorp-
tion coefficient of the lining material and geometric factors,
such as the distance and angle between inlet and outlet ports.
Due to the simplicity, such a formula can be used conve-
niently and quickly in situ. However, this expression is not
suitable for predicting the spectral characteristics of the
whole silencer system, in which several different types of
dissipative silencers are combined. Moreover, the effects of
three-dimensional wave action due to excitation from inlet
and outlet ports at arbitrary locations and the subsequent
high-order modes cannot be treated properly.

Cummings3 obtained the transmission loss (TL) of a
rectangular plenum chamber, lined all around with locally
reacting material, using two theories. One was for the low
frequency range by virtue of the mode-matching technique
and the other used the ray acoustics model, which is only
valid at high frequencies. The explicit form of the 2X2
transfer matrix was not developed in his work, thus, the in-
corporation of this model into other muffler elements for
constructing a total system was somewhat inconvenient.

In considering the three-dimensional wave effects in the
muffler element, several methods can be employed; the
mode-matching technique,‘l_8 the point source model,9 or the
piston-driven method."" The mode-matching technique has
been used to analyze electrical fields,* and also to predict the
sound transmission of expansion chamber mufflers.®® How-
ever, this technique sometimes brought difficulties in actual
implementation due to the mathematical complexity in
matching the eigenfunctions at the interface with abrupt area
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change and the nonorthogonality of modal eigenfunctions, in
particular, in the presence of mean flow.® On the other hand,
the point source method’ is easily applicable to complex-
shaped mufflers, but, due to too many simplified assump-
tions, it may yield erroneous results at some frequencies.
Kim ef al."" derived a 2 X 2 transfer matrix of the rectangular
plenum chamber, lined with locally reacting material, using
the piston-driven chamber model. Excitation by a plane wave
at the inlet and outlet was assumed for deriving the transfer
matrix, so application of the method was limited to small
inlet and outlet ports, or low frequencies, or some high order
modes having nodal lines passing through the inlet or outlet
port. Comparison of measured and predicted transmission
loss curves showed good agreement at low frequencies, but
the predicted frequencies of peaks and troughs, and their
levels, differed from the measured data as the frequency in-
creases. Large discrepancies at high frequencies were mainly
caused by the locally reacting liner, disregarding the actual
fact that the sound can propagate into the sound-absorbing
material. This can be inferred from the fact that the predicted
transmission loss becomes very close to the measured data
when there is little chance of sound passing through the liner.
Kirby and Lawrie'? suggested a method which combines
two-dimensional finite element method (FEM) and point col-
location technique. This technique would be very useful in
many potential application areas from the viewpoint of CPU
expenditure. Besides it was reported that any problem was
not caused even when the orthogonality condition does not
exist, e.g., in the presence of mean flow in the airway, or the
lining material is positioned at the corner.

Scott' considered the liner as a bulk-reacting material
and adopted this concept in formulating the expression for
propagation constants in two-dimensional lined rectangular
and circular ducts. Ducts with infinite length were only con-
sidered in this study. Cummings and Chang6 calculated the
transmission loss for a finite length lined circular chamber by
employing the mode-matching technique. Good agreement
between measured and predicted transmission losses were
observed, even though nonorthogonal eigenfunctions which
exist in the presence of mean flow were used as weighting
functions. The transfer matrix of a finite length circular si-
lencer with the bulk-reacting liner model was also suggested
by Peat.'* However, the available frequency range was rather
restricted due to the fundamental mode approach. Glav® con-
sidered the three-dimensional effect in the derivation of the
transfer matrix for a dissipative silencer of arbitrary cross
section by using the mode-matching method and the bulk-
reacting liner model. The point-matching technique was em-
ployed to obtain propagation constants and eigenfunctions,
which were expressed as the sum of Bessel functions. Pani-
grahi and Munjal15 summarized and compared three ap-
proaches for analyzing lined circular ducts with the bulk-
reacting liner model. A complete three-dimensional FEM,
considering mean flow and complex duct shape, was sug-
gested by Peat and Rathi;'® but this full FEM solution de-
manded a large expenditure of CPU.

At the moment, there is no exact analytical solution
when the lining material is positioned at the corner of rect-
angular ducts, for example, in dealing with four-sided lined
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FIG. 1. Rectangular lined plenum chamber excited by a harmonically oscil-
lating rigid piston positioned at the inlet port.

ducts'” or bar-type dissipative silencers.'® At present, the
acoustic performance of the aforementioned mufflers can
only be assessed through numerical methods. For the nu-
merical methods, the functional, which takes account of the
governing equations and all boundary conditions, should be
derived first. Astley and Cummings17 derived a two-
dimensional functional, which is adequate for four-sided
lined ducts, using the finite element method. Farvacque18 de-
rived a similar functional for the bar-type silencer using the
Rayleigh—Ritz method.

In this paper, a modified three-dimensional functional
was proposed to derive the transfer matrices of a lined rect-
angular plenum chamber in the absence of mean flow. Trans-
mission loss for all possible types of lined rectangular ple-
num chamber, under the assumption of the bulk-reacting
lining material, could be calculated from the acquired trans-
fer matrices. The Rayleigh—Ritz method was employed as a
numerical scheme, thus, the calculation effort using the full
finite element method could be reduced substantially.

However, it should be mentioned that the applicability
of the present method will be restricted due to the oscillating
rigid piston model at inlet and outlet ports and the inherent
limitations of the Rayleigh—Ritz method. For example, the
transmission loss at some frequencies may not converge
within an acceptable error bound with a given limited CPU
expenditure. Also, the present method requires a number of
acoustic modes for calculating the transmission loss at a fre-
quency far higher than the first cutoff frequency or for a large
chamber having a dimension larger than several wave-
lengths, which may lead to the convergence problem. Subse-
quently, the maximum size of chamber and high frequency
limit can only be determined after carrying out the conver-
gence check with the Rayleigh—Ritz method and this restricts
the use of the present method to a relatively small chamber
which is involved with only several wavelengths for a di-
mension.

Il. THEORETICAL MODEL
A. Governing equations and boundary conditions

For acoustic analysis on the lined rectangular plenum
chamber, the rigid piston-driven model, which was success-
fully applied to the reactive rectangular plenum,10 was
adopted. When utilizing this model, the sound field caused
by the rigid piston, which is fluctuating back and forth at the
inlet and outlet ports, should be calculated for each port mo-
tion. The coordinates and geometry of the chamber are de-
picted in Fig. 1. The inside of a rectangular plenum chamber
is lined with a sound-absorbing material. The regions occu-
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pied by airway and lining materials are denoted by R; and
R,, respectively. The gas medium within the airway was as-
sumed to be homogeneous and there was no mean flow in-
side of the chamber. The interface between airway and lining
material is denoted as C;. The rigid piston, representing the
inlet port and denoted as C,, was assumed to oscillate in a
harmonic manner, i.e., varying with ¢/'. The outer surface
plenum jacket and outlet port plane were assumed to be
acoustically hard walls and are denoted by C, and Cj, re-
spectively. Under these assumptions, the wave equation in
the airway can be expressed as

V2p, +kip, =0, (1)

where p, is the acoustic pressure in the airway, k, the free-
field wave number, and the three-dimensional Laplacian op-
erator in a Cartesian coordinate system. The wave equation
in the lining material is given by

V2p2 + kzpz = O, (2)

where p, is the acoustic pressure in the lining material and &,
the complex wave number incorporating sound attenuation in
the lining material. On the outer surface C, and the outlet
port plane Cs, the normal component of the particle displace-
ment should be zero:

sz'n2=0 on C(), (3)

Vpl'nl=0 on C3. (4)

Here, n; and n, denote the normal outward unit vector on
regions R, and R,, respectively, as shown in Fig. 1. The
continuity of the acoustic pressure and normal component of
particle displacement should be satisfied at the interface be-
tween the airway and lining material (C,) as follows:

P1=P2 (5)

Vpi-n = (py/p,) Vpyom=0. (6)

Here, py is the density of air and p,, is the effective complex
density of the lining material. The concept of effective com-
plex density came from the equivalent medium model,"’
which considers only longitudinal wave propagation through
the air within the pores of porous materials. The acoustic
behavior of porous materials can be totally described by
propagation constants and characteristic impedance. The ef-
fective complex density and bulk modulus can be defined by
the aforementioned values as

Zk
Peffective =~ _» (7)
w
Zw
Kettective = 7 > (8)

where Z is the characteristic impedance, o the angular fre-
quency, and k the propagation constant. The normal compo-
nent of acoustic velocity on the surface of harmonically os-
cillating, rigid piston is given by
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pojwV==Vpmn; onC,, )

where V is the velocity of the rigid piston at the inlet port.

B. Bulk properties of the lining material

As previously mentioned, the lining material can be re-
garded as an equivalent medium.'’ Thus, the characteristic
impedance and propagation constants are used for character-
izing sound propagation through the sound-absorbing mate-
rial completely. In the case of a fibrous material, the empiri-
cal formulas of Delany and Bazley20 or those of Mechel®!
can be employed to obtain the aforementioned parameters
using steady-flow resistivity. In general, it is known that
these empirical formulas give quite acceptable values for a
fibrous material. For polyurethane foam-type sound-
absorbing material, i.e., in cellular foam structures, the im-
pedance tube method, e.g., using multiple acoustic loads,*
has been often used for the measurement of acoustic proper-
ties.

C. Derivation of the functional

An exact analytic solution of these coupled equations
does not exist because the wave number in the lining mate-
rial, which is positioned at the corner of the four-sided lined
duct, cannot be defined.'”'® Kakoty and Roy23 derived an
approximate analytic solution of the four-sided lined duct by
neglecting the lining material positioned at the corners. At
present, it seems that the numerical method is the only way
to obtain the correct results.

1. Isotropic lining material

Astley and Cummings17 suggested a single two-
dimensional functional, combining acoustic wave equations
and all required boundary conditions in the rectangular lined
duct, to obtain the propagation constants of the lined duct. In
this paper, this functional is modified to consider the three-
dimensional sound field generated by the oscillating rigid
pistons at the inlet and outlet ports in rectangular lined ple-
num chambers. The modified functional, satisfying all the
wave equations and boundary conditions of a chamber lined
with isotropic material, can be derived as follows:

X(p1.2) :f [Vpy-Vp, _k(z)P%]de
R
Po 22
+ ( )f [Vp, - Vp, =k p3ldR,
Pa R,

+ | [2pgjwVp1dC,. (10)
&)

The first and second term of Eq. (10) is the three-
dimensional extension of previous work'” and the third term
is added for the inclusion of the oscillating rigid piston
model at the inlet or outlet ports. Let p; and p, be continuous
functions within regions R; and R,, respectively. Small
variations €7; and €7, in p; and p,, respectively, results in
the following variational form of x(p,,p,):

H.-J. Kim and J.-G. |h: Lined rectangular plenum 1861



OX(p1.p2) = x(p1 + &m1.p2 + €n3) = X(p1.p2)

=28f [Vp, -V —k(z)Plﬂl]de
Ry
Po 2
+ 28(;)] [Vpy Vo, —kpymp]dR,
a R,

+J [2pgjwVen,1dC,. (11)
c

2

Applying the divergence theorem to the first and second
terms of Eq. (11), and utilizing the fact that 7, and 7, are
identical on C|, one obtains

x(p1.p2) =— 28[ [V2p, +kpi1midR,
Ry

—2e(py/pa) | [V?pa+kopslmdR,

Ry

+2e(po/ps) | [Vpamy]1dCy
G

+2e| [Vp,-n]ndC;+2e
C3 ¢

[Vp-my

= (po/Pa) V pr s my]1dC + 28[ (VP my
G
+ pojwV]ndC,y + O(&2). (12)

Because Eq. (12) becomes a value less than O(&?) for any
values of 7, and 7,, the equations and boundary conditions
within all brackets should vanish and these are exactly equal
to Egs. (1)-(4), (6), and (9), respectively. The only constraint
on the variation is that p; and p, should be identical on the
interface C.

2. Orthotropic lining material

For many fibrous lining materials, such as glass fiber,
their acoustic properties depend on the orientation of the
fibers. In general, most fibers lie in planes parallel to the
surface, so that such a fibrous liner can be regarded as an
orthotropic material.>* During the manufacturing process of
the lined plenum, such an orthotropic sound-absorbing ma-
terial can be placed in an arbitrary direction inside a chamber
for fabrication convenience and cost. The allocation pattern
depicted in Fig. 2 was chosen as an example to describe the
derivation of the functional on this rectangular lined cham-
ber. The region denoted by 1 is the airway and the other
regions (from 2 to 7) are packed with the lining material. The
normal direction of the lining material is set, pointing toward
the center of the chamber.

The x-directional component of the momentum equation
in the anisotropic material” in the absence of flow can be
written by
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FIG. 2. Rectangular plenum chamber lined with an orthotropic material. (a)
Oblique view, (b) x-y view, (c) y-z view.

jwpxux=_ﬁ_p7 (13)
ox
where p, is the effective density of the anisotropic material
in the x direction and u, is the acoustic particle velocity in
the x direction. The mass conservation equation in the aniso-
tropic material can be expressed as™

u, u ou,
K—+K~—+K—+jwp=0, (14)
ox dy oz

where K,, K|, and K denote the bulk modulus of the aniso-
tropic material of each axis, respectively. The displacement
continuity condition of the chamber, as shown in Fig. 2,
cannot be fulfilled within a single weak formulation of the
functional because the bulk moduli of each direction differ
from each other. In the rigid frame model for sound-
absorbing material, the bulk modulus and effective density
are mainly determined by temperature variation and flow
resistivity, respectively.26 On the assumption that the differ-
ence in flow resistivity between each direction is larger than
that of temperature variation, all bulk moduli can be assumed
to be identical and it is now possible to construct a single
weak formulation of the functional. However, a comparison
of bulk moduli should be made to check for the appropriate-
ness of this assumption before any further calculation. Com-
bining Eqgs. (13) and (14), and using the aforementioned as-
sumption, the wave equation for the anisotropic material can
be derived as
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1#p 1&p
——S+— 5+

0 s
p x> p, Y’

(15)

+—wp=

p.d* K

where K, is the equivalent bulk modulus of the lining mate-
rial. The continuity conditions of acoustic pressure and dis-
placement for two adjacent liners can be written as

pi=pn (for VI, ¥Ym, and [=m), (16)

1 1
=V, ny=—Vp,n,n, (for VI, Vm, and !

1 m

#m). (17)

The zero displacement condition on the rigid outer wall can
be described as

Vp,,*n,,=0 (for V m). (18)

The functional, comprised of the aforementioned wave
equation in each region and all boundary conditions, can be
defined as

10’)2[71

L &#py  18p »
5X(P1,---,p7)=—28f {——+——+——+—p]
& Lo o " pg v py 0 Ky
1 &ZPZ 1 (92[72 a)2
St 5 P | mdR,
P2y Iy~ po. 7 K,

+28f [Vpopl‘nl]nld§R1+28J
dR R,

1

Each term in Eq. (21) satisfies the conditions in Egs. (1), (9),
(15), (17), and (18), respectively. The only constraint on this
functional is that the pressure should be identical over the
interface between two different media, as explained in Sec.
ImcCil.

lll. NUMERICAL MODEL
A. Application of the Rayleigh—-Ritz method

The sound field due to the oscillating motion of the rigid
pistons at the inlet and outlet ports can be obtained by find-
ing the stationary values of the derived functional. Numerical
methods, such as the FEM'” or Rayleigh-Ritz method (RR
method, here:ziftelr),l&z7’28 have been used to find the station-
ary values of the functional for a given eigenvalue. FEM is
now prevalently used in many areas and it also has a good
capability in the design of arbitrarily shaped dissipative si-
lencers. However, a significant CPU expenditure and huge
amount of preprocessing work are inevitable when dealing
with a three-dimensional problem. The RR method con-
verges faster than the FEM provided the selected admissible
functions are close to the actual eigensolutions.29 Preprocess-
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2

1 & 1 &
_..._28f [_ﬁ+_ﬂ+
Ry

[Vp2p2 ° n2] 7]2d£7R2 + o+ 28f

X1, ....p7) = f [V?op, - Vpy - &?pi/KoldR,
Ry
7
+ E [Vpnpn ' Vpn - wzpﬁ/Kn]an
n=2 YR,
+ 2j(")vpldcpiston? (19)
Cpiston
where
J 1 9 1 9
Vpn = __ex + —_ey + _eZ' (20)
Pnx0X " Puydy T Pug 02

Here, p, , is the effective density of the nth lining material
in the x direction and e, is the unit vector in the x direc-
tion. By obtaining the variational form of Eq. (19) through
the same procedure for isotropic liners, one can obtain

:|7]]de +28f
C,

. 1 & P2
]wvnldcpiston -2¢ N
piston Ry pZ,x ax
1 0—'2p7 (1)2
— P 77dR;
a

p7,x (2x2 p7,z (?Zz

p7, y*

[VP7p; ;] m;ddR; + O(&2).
IR,

21)

ing work, such as meshing, is not needed. One only needs to
increase the number of admissible functions, instead of re-
meshing the chamber, when extending the high frequency
limit. However, there is no clear criterion to select the suit-
able admissible functions and a convergence check should be
available for the given problem. Fortunately, it is known that
cosine functions can serve as good admissible functions'® in
the case of rectangular ducts. The RR method seems to be a
very good method in the analysis of regular-shaped acousti-
cal systems.

The shape of admissible functions for the entire region
can be approximated as

>

I=1,m=1,n=1

P(X,y,z) = len\len(-x7y7Z)’ (22)

where V,,,,(x,y,z) is the admissible function for the acoustic
pressure and P, is the coefficient or weighting function for
each admissible function. The subscripts on ¥ represent the
number of admissible functions for each axis of the rectan-
gular Cartesian coordinate. In the case of isotropic lining
material, substitution of Eq. (22) into Eq. (10) yields
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e [ w(z ey
—k%)(; Pi\Ifi)z]de

A2)] [z ) w(z )
—k§(§i‘, P,-\I’i)z]dR2+ L [2pujwv<§i‘, Pi\I’[)]dCZ.

(23)

Here, the index i denotes the combined index of [, m, n, as
previously defined in Eq. (22). To find the stationary values
of Eq. (23), it should be differentiated with P; for all i and
equated to zero. The differentiated functional can be con-
structed as

KP=F, (24a)
where
_ (y\I/(? i J .(?\I,ir (?\I’.(?\I,ir
Kﬁ,zz.f {_liJrﬁ_Jr_t_
g L ox dx  dy dy oz 0z
Na‘l’i/
—kgxpiqri,]dR1+z-<@)f [——
Pa/ g, ox ox
o .V, g dV,
- kﬁ\lfiwi,]dRz, (24b)
dy dy A4
Fi==2pyjoV f V.dC,, (24c)
&)
P=[Poy *** Pooy Pory =" Pran]"- (24d)

The rate of convergence of the RR process depends on
the quality of the admissible functions and, in particular, how
well linear combinations of these functions can approximate
the actual eigenfunctions. However, because the actual
eigenfunctions are not known a priori, an assessment of the
choice of admissible functions can be made only after exami-
nation of the numerical results. Admissible functions should
consist of linear combinations of functions, which at least
satisfy the geometrical boundary conditions.” In this opera-
tion, the derivatives of the functions at the rigid outer wall
should be zero for the condition of acoustically hard walls.
Cosine functions are selected as one of the global admissible
functions for this rectangular lined plenum chamber, as fol-
lows:

Win(x,y,2) = cos< ¢ _Ll)wx>cos< (m 1)77?)

L,

Xcos(%). (25)

These admissible functions automatically fulfill the pressure
continuity condition across the interface between the airway
and liner. Moreover, the orthogonality of the cosine func-
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FIG. 3. Geometrical layout of three types of lined rectangular plenum cham-
bers: (a) throughflow type; (b) reversal type; (c) end-in/side-out type.

tions will facilitate the ease of the application of the RR
method. Substitution of Eq. (25) into Eq. (24) yields the
sound pressure at an arbitrary point inside the chamber. Al-
though the condition of velocity continuity between liner and
airway can only be approximately satisfied by employing a
number of continuous admissible functions, the solution con-
verges to a value but with unavoidable errors in the region
which is very near to the interface, as like the Gibb’s phe-
nomenon in Fourier series theory.

B. Derivation of the transfer matrix and transmission
loss

The transfer matrix of the plenum can be derived from
the expression for the sound field, which is formed by the
excitation at an individual part in inlet or outlet side.'” All
three possible types of lined chambers are illustrated in Fig.
3. The average sound pressure on a region i’ with area S;/
excited from the input piston i is given by

1
p_i’izs_fj |:2 Pn,iq,(x’y’z)]ds’ (26)

where P, ; is the coefficient of admissible functions when the
moving piston is positioned on region i with area S;. The
inlet and outlet ports are represented by 1 and 2, respec-
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FIG. 4. Measurement setup for transmission loss, based on the three-microphone method.

tively, in Fig. 3. The total sound pressure acting on each
piston is the sum of the acoustic pressure due to its own
motion and the motion of the opposite piston as

Py =P+ P, (27a)

Py =Py + P (27b)

Then, the transfer matrix can be given by

_ T. T _
[P1]={ 11 12}{P2] (28)

U, Iy T ||l U,
where the volume velocity at the inlet and outlet ports are

defined, respectively, as

Up=8,Vi, (29a)

U2 = Sz‘/z. (29b)

By the assumption of unit velocity excitation, the four-pole
parameters 7;; can be written as

ﬁ —_

T,= — =@, (30a)
Py lu,=0 P21
P — P11 (PalPa) +7

T,= 0 _~Pu 2; 2w ¥ P (30b)
21 p=0 2
U S

Ty= — ==, (30c)
2lu=0 P2
U —S\p

Tp= 1| =222 (304)
Uslpo  Sabo

For anechoic termination with unequal inlet and outlet areas,
the transmission loss can be given by
S>
T+ —Tp+ S_TZI

/S
TL(dB) =20 log,o| =\/ =
2NS Poc 1
+ _T22

3 ) (31)

J. Acoust. Soc. Am., Vol. 120, No. 4, October 2006

Po€

IV. MEASUREMENTS
A. Experimental setup

Experiments were carried out to measure transmission
loss of the lined chamber. The source sound was generated
by a 4-in.,, 200-W midrange compression driver (JBL
2490H) mounted on an upstream side-wall, with a lower cut-
off frequency of 200 Hz. A square acrylic duct, 50
X 50 mm? in internal section, 1.5 m in length, and 10 mm in
thickness, was used for the upstream and downstream parts.
The first higher mode cut-on frequency in the acrylic duct
was about 3.4 kHz. A glass fiber wedge of 1.0 m in length
was inserted in the same acrylic box of 50X 50 mm? and it
was used as the anechoic termination. The measured power
reflection coefficient was less than 0.1 above 150 Hz. A rect-
angular plenum chamber, which had inner dimensions of
0.2X0.275X0.2 m?, was made from acrylic plates of
10 mm in thickness. All three kinds of the rectangular cham-
bers, i.e., throughflow-, reversal- and end-in/side-out-type,
were tested. In addition, the thickness and property of the
lining material were also varied to examine their effects on
acoustic performance. The measurement was based on the
multiple microphone technique30 in the absence of mean
flow, as depicted in Fig. 4. Acoustic transfer functions were
measured with flush-mounted 1/4-in. microphones (B&K
4135). The spacing between microphones was 50 mm, which
limits the effective frequency range to about 3.4 kHz. A ran-
dom white signal in the range 0—3 kHz was fed to a com-
pression driver from the signal analyzer (B&K Pulse) and the
measured acoustic signals were processed by the same ana-
lyzer.

B. Bulk properties of the lining material

Polyurethane (PU) foam and thermally fused polyester
fibrous material were chosen as the test liners. The multi-
termination method** for the measurement of characteristic
impedance and propagation constants was adopted. Four
types of end terminations, such as rigid end and semi-
anechoic termination, and two air cavities (20 and 40 mm in
depth) were employed to reduce random errors. A regression
technique for experimental data®' was used to calculate the
required acoustic parameters of the fibrous materials using
the measured flow resistivity. Experimentally, flow resistivity
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FIG. 5. Comparison of measured and calculated transmission losses for a
rectangular throughflow chamber with rigid walls (L,=L,=02m, L,
=0.275 m, a;=a,=b;=b,=0.05 m, centered inlet/outlet): (—) measured;
(---) analytic solution (Ref. 10); (M) predicted by the RR method using 175
modes (5, 7, 5) for three directions; (O) predicted by the RR method using
1400 modes (10, 14, 10) for three directions.

of the specimen was measured by passing a compressed,
regulated airflow through the sample along a straight circular
tube of 40 mm in diameter. The sample was located at the
inside of the duct having one side open to atmospheric pres-
sure. The pressure drop across the sample was measured by a
manometer (Furness Controls FCO12) and the airflow rate
was measured by a flow meter (Flowmetrics FM-20N). Be-
cause the fibrous material was orthotropic,24 the characteris-
tic impedance and propagation constants were measured for
both normal and transverse directions.

V. RESULTS AND DISCUSSIONS

Measured and predicted transmission losses of various
lined rectangular plenum chambers were compared to vali-
date the predictive method. The fluid medium was air and the
temperature was maintained at 19 °C which was constant
during all the conducted experiments.

First, a rectangular plenum chamber with acoustically
rigid walls, i.e., without liners, was tested to check the ap-
plicability to the limit condition. When applying the RR
method, the order of admissible functions in each direction
was determined by the ratio of the plenum chamber dimen-
sions. The maximum number of admissible functions in the y
direction was 14. Figure 5 shows a comparison between pre-
dicted and measured results. It was found that the predicted
result by the RR method converged, which also agreed very
well with analytical and numerical results.

The convergence of the solution is very important for
the RR method, because, in general, no exact analytic solu-
tion exists, such as in the case of a lined plenum chamber.
When carrying out a convergence check with the RR
method, one should be cautious in determining the number
of admissible functions for each direction. Typically, it is
known that the more admissible functions included, the more
accurate the results. However, it should be borne in mind that
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FIG. 6. Flow chart for convergence check of the RR method.

the benefit of the RR method will be reduced as the number
of admissible functions increases due to the large expendi-
ture of CPU.

In this paper, the convergence of solutions can be de-
tected by the procedure in the flow chart depicted in Fig. 6.
As can be seen in Fig. 6, the numbers of admissible functions
in the x, y, and z directions should be increased, one by one,
until an acceptable convergence criterion is satisfied. Here,
the convergence criterion, ¢, is set as 0.2 dB, which corre-
sponds to the error in sound energy by less than 5%.

A. Throughflow type
1. Isotropic lining material

The present method was applied to a rectangular plenum
chamber lined with an open-cell PU foam (density
=30 kg/m?) of varying thickness (5 and 20 mm). The geom-
etry of the chamber was the same as in Fig. 5 for the rigid-
walled chamber. First, a convergence check was performed
by increasing the number of admissible functions until the
computed TL value converges within the acceptable error
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FIG. 7. Comparison of measured and predicted transmission losses for a
throughflow-type lined rectangular chamber with the same sectional dimen-
sion as in Fig. 5: (—) measured; (---) predicted without liner; (——) predicted
by locally reacting liner model (Ref. 11); (-M-) predicted by the RR method
for bulk-reacting liner model. (a) PU foam (5 mm thick) and (b) PU foam
(20 mm thick).

boundary of 0.2 dB, which corresponds to sound energy er-
ror by less than 5%. The required number of admissible
functions was found to be 2873 (number of modes is 13, 17,
and 13 at x, y, and z direction, respectively) for a 5-mm liner
and 3887 (13, 23, and 13) for a 20-mm liner.

Figure 7 shows a comparison between measured and
predicted transmission losses for the rectangular plenum
chamber. Dash-dotted lines in Fig. 7 are the predicted results
using the locally reacting model,'" which strongly deviate
from the measured TL curves, especially when the liner be-
comes thick. In contrast, when the RR method was applied
by employing the bulk properties of the lining material, there
was a very good agreement between measured and predicted
TL curves, except for a peak between 1.8 and 2.2 kHz. This
peak originates from the higher order mode effects, but it
gets flattened and moves to the low frequency region due to
the sound attenuation in lining material.® A trend was also
observed where the difference between measured and pre-
dicted results increases slowly with an increase in frequency.
However, if one recalls that the precise prediction of troughs
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FIG. 8. Change in the predicted transmission loss by increasing the thick-
ness of the PU foam liner. The geometry of plenum chamber is the same as
for Fig. 5: (—) prediction without liner; (-H-) 5 mm; (-(J-) 10 mm; (-O-)
15 mm; (-+-) 20 mm.

in TL curves is very important in silencer design, the result
in Fig. 7(b) can be regarded as quite acceptable in this sense.

When the thickness of the lining material is smaller than
the width of the airway, the convergence rate of predicted
transmission loss is higher because the cosine function,
which is chosen as the admissible function, becomes the
eigenfunctions of a chamber with acoustically hard walls.
The effects of liner thickness on transmission loss were also
examined in Fig. 8. With the same geometry as shown in Fig.
5 and PU foam as liner, the thickness of the liner varied
between 0 and 20 mm in 5-mm step. The number of admis-
sible functions was 3887 (13, 23, 13), which was the same
number of functions required in the case of a 20-mm liner.
The reactive action of the chamber was predominant below
500 Hz, so all curves showed similar trends regardless of
liner thickness. One can still find the influence from the re-
active wave action of the chamber until the third lobe of TL
curve. The resistive action by the liner starts to be effective
above 500 Hz. The curves become smooth and the amount of
TL becomes higher by increasing the liner thickness at high
frequencies. It is also noticeable that the peaks and troughs
of the transmission loss curves have a tendency to shift to the
low-frequency range as the thickness increases. This is due
to the fact that the effective length of the chamber is in-
creased due to the high sound attenuation at the wall, similar
to the phenomenon occurring in an anechoic chamber.

2. Orthotropic lining material

When the fibrous material is fully lined inside the cham-
ber, the liner can be considered an orthotropic material. The
rectangular plenum chamber is lined as depicted in Fig. 2,
where the normal direction of liner is directed toward the
center of the chamber.

The physical and acoustical properties of thermally
fused polyester fibrous liner materials are as follows: 60
kg/m3 in density, 13 mn in thickness; the fluid resistivity in
the normal and transverse direction is 3478 and 1490 SI
Rayl/m, respectively. The measurement of flow resistivity
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that of transverse direction for fibrous liner material: (—) absolute value of
real part; (---) absolute value of imaginary part. (a) Bulk modulus and (b)
effective density.

was carried out with the same method and device described
in Sec. IV B, but the specimen was tested in normal and
transverse directions.

The ratio of bulk modulus of normal direction to that of
transverse direction was assumed to be unity in deriving Eq.
(15), which was the single weak formulation of the func-
tional. To validate this assumption, the effective density and
bulk modulus ratio was calculated, as shown in Fig. 9. Ef-
fective density and bulk moduli were calculated from Egs.
(7) and (8). It was found that the difference was less than 5%
by assuming the bulk modulus ratio to be unity within the
frequency range of interest. As can be seen in Fig. 9(b), the
effective density for each direction is significantly different
from each other.

Figure 10 is the resultant transmission loss curves for a
plenum chamber lined with fibrous material. From conver-
gence testing, as illustrated in Fig. 6, the number of admis-
sible functions was determined to be 2783 (11, 23, 11 for the
x, y, and z directions, respectively). The assumption of bulk
modulus can be validated if two predicted TLs, using each
bulk modulus of normal and transverse direction, agree
within acceptable error limits. It was found that two pre-
dicted results differ from the measured data by about
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FIG. 10. Comparison of measured and predicted transmission losses for a
throughflow-type rectangular plenum chamber, the inside of which is fully
lined with 13 mm fibrous material (same sectional dimensions as for Fig. 5):
(—) measured; (—-) predicted by locally reacting liner model; (-M-) pre-
dicted by the RR method for bulk-reacting liner model with bulk modulus
Komais (-0J-) predicted by the RR method for bulk-reacting liner model with
bulk modulus K,

transverse*

3—4 dB over 1.7 kHz. Unfortunately, this discrepancy means
that our assumption on the bulk modulus was not totally true
over 1.7 kHz. However, the overall trends and locations of
troughs and peaks could still be predicted very closely at all
frequency ranges of interest. In contrast, the TL curve pre-
dicted by the assumption of locally reacting liner deviated
largely from the measured transmission loss, in particular, at
troughs.

B. Other types of lined plenum chambers

The present method can be applied to other types of
plenum chambers, such as the reversal- and end-in/side-out-
type chamber. PU foam of 10 mm in thickness and fibrous
material of 13 mm in thickness were used as the liner for
testing these configurations. Numbers of admissible func-
tions for converged results are listed in Table I. In Figs. 11(a)
and 11(b), the results of the reversal types with the two
aforementioned liners are plotted. In the case of the PU foam
liner, predicted transmission loss agrees very well with mea-
sured data, except for a discrepancy at 2 kHz. This is mainly
due to the fact that the inlet and outlet ports are close and
located at the corner. In such a case, the number of high-
order modes generated at each port does not decay satisfac-
torily, so that a lot of modal functions are needed to describe

TABLE I. Mode number of admissible functions needed for a converged
result of the RR method in the case of a reversal or end-in/side-out type
plenum. N, N,, and N, denote the number of admissible functions in the x,
v, and z directions, respectively.

Plenum type Liner N, Ny, N,
Reversal PU foam 10 mm 9 9 9

Polyester fiber 13 mm 7 9 7
End-in/side- PU foam 10 mm 9 11 9
out Polyester fiber 13 mm 13 13 13

H.-J. Kim and J.-G. Ih: Lined rectangular plenum
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FIG. 11. Comparison of measured and predicted transmission losses for a
reversal-type lined chamber (L,=L,=0.2m, L,=0.275 m, a;=a,=b,;=b,
=0.05 m, a.;=b,,=0.055 m, a.,=b,,=0.145 m): (—) measured; (——) pre-
dicted by locally reacting liner model; (-H-) predicted by the RR method for
bulk-reacting liner model with K,o,..i; (-CJ-) predicted by the RR method for
bulk-reacting liner model with K,,,cerse- (@) PU foam (10 mm thick) and (b)
fibrous material (13 mm thick).

the sound field.’! Consequently, cosine functions, chosen as
admissible functions, cannot serve as real eigenfunctions
very successfully at peaks. Similar to the previous results
explained in Sec. V A 2, valid frequency ranges also exist
when applying the present method to the case of a reversal-
type chamber, as shown in Fig. 11(b). In the case of end-in/
side-out-type chamber, as shown in Fig. 12, predicted TL
curves by the present RR method for bulk-reacting liner
model match very well with measured data at all frequency
ranges of interest. The discrepancies between measured and
predicted results, based on the locally reacting liner model,
are prominent in chambers lined with 13-mm-thick fibrous
material. Also, the low frequency shift of TL troughs is ap-
parent for chambers lined with 10-mm-thick PU foam
around 1.2 kHz.

In comparison with all three types of chambers, one can
find that the reversal-type chamber behaves like a quarter-
wavelength tube at low frequencies.31 Therefore, the TL
curve has a very sharp peak below the cut-on frequency of
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FIG. 12. Comparison of measured and predicted transmission losses for an
end-in/side-out type lined chamber (L,=L.=0.2m, L,=0.275m, a,=a,
=b,=b,=0.05 m, a,;=b,,=0.1, a,,=0.1, b,=0.1375): (—) measured; (——)
predicted by locally reacting liner model; (-B-) predicted by the RR method
for bulk-reacting liner model with K, a0 (-CJ-) predicted by the RR method
for bulk-reacting liner model with Ki,,qerse- (@) PU foam (10 mm thick) and
(b) fibrous material (13 mm thick).

the first cross mode. It can also be observed that the end-in/
side-out configuration is the most efficient in silencing the
low-frequency range of 0—1.2 kHz, as depicted in Figs. 8
and 10-12. This is due to the elimination of the first longi-
tudinal mode by placing the outlet ports at the nodal plane of
that mode.**

VI. CONCLUSIONS

In this study, the 2 X2 transfer matrix was derived for
the prediction of acoustic performance in lined rectangular
plenum chambers. The lined rectangular plenum chamber
was modeled on a chamber excited by oscillating pistons that
represent the inlet and outlet ports. Both isotropic and ortho-
tropic sound-absorbing materials were considered as liners.
To obtain the stationary value of the modified single weak
variational functional, the Rayleigh-Ritz method was
adopted as the numerical scheme to reduce the preprocessing
operation. By changing the location of the rigid oscillating
pistons, all three possible types of lined chambers, such as
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throughflow, reversal, and end-in/side-out types, were stud-
ied and their corresponding transfer matrices were obtained.
Good agreements were observed between measured and pre-
dicted transmission losses for different types of chambers
and lining materials. In comparison with the absorbent
model, based on the locally reacting liner assumption, the
present Rayleigh—Ritz method, using the bulk-reacting liner
model, could predict the TL very accurately, especially the
locations of TL troughs. The suggested single weak varia-
tional statement can be used effectively for deriving the
transfer matrix of other regular cross-sectional shapes of a
lined plenum chamber excited by the plane wave if the ad-
missible functions are chosen properly.

However, there exist some difficulties in the conver-
gence and choice of admissible functions when dealing with
large-sized or severely irregular-shaped dissipative silencers.
When applying the present method to silencers with a dimen-
sion on the order of several meters or corresponding to a
large number of wavelengths, the slow convergence rate
would be a serious problem in the computation and the given
CPU expenditure would be exceeded. In this case, no merit
in using the present method can be expected. Consequently, a
full finite element modeling will be a practical method for
this case, although a large CPU expenditure would be inevi-
table yet.
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Scattering of the fundamental torsional mode
by an axisymmetric layer inside a pipe
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The scattering of the fundamental guided torsional mode by a local axisymmetrical layer coated
inside a pipe, referred to as a bilayered pipe, is studied. In a prescribed frequency range, the number
of torsional modes which can propagate in an empty pipe is increased by the presence of the coating
layer, including new cutoff frequencies that depend on the layer thickness and shear acoustic
properties. This principle suggests the potential for detecting, and perhaps characterizing layers
inside pipes, which may be exploited in two ways using either remote or local measurements. A
remote measurement may be employed to measure the reflection from the entry point of the layer
inside the pipe. Such a measurement shows that the reflection coefficient spectrum exhibits periodic
maxima that occur at the cutoff frequencies of the torsional modes in the bilayered pipe. On the
other hand, when the location of the coating layer is accessible, the local guided wave measurement
can be made to measure the dispersion curves of the torsional modes in the bilayered pipe by
applying a reassigned spectrogram analysis. The idea is investigated through theoretical analysis and
finite element modeling and is validated by experimental measurements. © 2006 Acoustical Society

of America. [DOI: 10.1121/1.2336750]
PACS number(s): 43.20.Mv, 43.35.Z¢c [LLT]

I. INTRODUCTION

Detecting and characterizing contents inside pipes is re-
quired by many industries. For example, it is important for
the process industry to monitor the accumulation of sludge in
pipes in order to prevent the formation of blockages. In this
context, it would be valuable to be able to quantify the ma-
terial and geometry properties of the sludge layer noninva-
sively. Existing techniques using ultrasonic bulk waves sent
through the pipe wall thickness have the limitation that the
sludge position needs to be known a priori and the area to be
inspected needs to be accessible.

Guided ultrasonic waves propagating along the pipe may
be an attractive method to do this, because of their capability
of inspecting a long length from a single point,l’2 which
could fulfill the need for remote detection and even charac-
terization. The basic idea is that the presence of the content
inside the pipe will influence the propagation of guided
waves compared to that in a free pipe. Some properties of the
content may then be extracted by studying the change of
guided wave behavior. In the case of sludge detection, the
problem becomes very complicated due to the irregular
shape and properties of the sludge layers that can be encoun-
tered in practice. However, in order to assess the feasibility
and potential of such an approach the simplified case of an
axisymmetrical layer inside the pipe can be considered (Fig.
1). This study, based on such a “bilayered pipe” model, has
been referred to in order to understand the fundamental phys-
ics and provide an insight into the possibility of characteriz-
ing the sludge using guided ultrasonic waves.

Models of guided wave propagation in filled wave-
guides, relating to various applications, have been the subject
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of numerous studies. Kumar® examined dispersion of axially
symmetrical waves in empty and fluid-filled cylindrical
shells. Lafleur and Shields® discussed the influence of the
pipe material on the first two longitudinal modes in a liquid-
filled pipe, considering the low frequency range only. Sinha
and co-workers™® addressed the case of axial-symmetric
guided wave propagation in pipes with fluid on the inside or
the outside of the pipes. The case of a pipe filled with a
viscous liquid has been theoretically analyzed by Elvira.’
Aristegui et al® reported a series of experimental measure-
ments of guided wave propagation in pipes filled and sur-
rounded by different media, including pipes filled with invis-
cid water and viscous liquid. Vollmann et al’ have
theoretically and experimentally'0 studied the guided waves
propagating in a cylindrical shell containing a viscoelastic
medium. Simonetti and Cawley11 developed a new approach
to characterize highly attenuative viscoelastic materials by
filling the material into a pipe and measuring the dispersion
curves of guided modes in such a waveguide.

It has been generally observed in the above-mentioned
works that in a prescribed frequency range, the number of
guided wave modes which can propagate in an empty pipe is
increased by the presence of the filling content, which is
exhibited by the generation of new cutoff frequencies.ml
The physical mechanism behind the appearance of the new
cutoff frequencies in the bilayer structure has been discussed
by Simonetti'* and Simonetti and Cawley.]3 For example, let
us consider the case of torsional waves propagating in a bi-
layered pipe, consisting of an aluminum pipe (16 mm inner
diameter and 1 mm wall thickness) coated with a 6-mm-
thick epoxy layer inside (Fig. 1). Figure 2(c) shows the
group velocity dispersion curves of the torsional waves
which can propagate in the pipe. They were calculated using
the modeling software DISPERSE developed at Imperial Col-
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FIG. 1. Schematic of the model investigated in the paper.

lege. The software has been developed to model guided wave
propagation in layered system and more details can be found
in Refs. 14 and 15. The input parameters to DISPERSE are the
material and dimensions of the pipe and the coating layer
which are summarized in Table I. The modes of the bilayered
pipe are labeled T, T,, T3, T4. For comparison, the torsional
mode in the free pipe labeled as T(0,1) is also given. This
shows that in the same frequency range there are many more
modes occurring in the bilayered pipe compared to the single
T(0,1) mode in the free pipe. Note that although only one
torsional mode can propagate in the free pipe in the fre-
quency range considered in Fig. 2(a), higher order mode will
occur at higher frequencies. With the occurrence of the new
modes, new cutoff frequencies are generated accordingly.
Also, the modes of the bilayered pipe are very dispersive,
unlike the T(0,1) mode of the free pipe which always keeps
a constant velocity value for all frequencies.

In this paper, we develop two measurement ideas to
characterize the layer inside the pipe, by making use of these
new cutoff frequencies of torsional modes in the bilayered
pipe. The model studied here for both approaches consists of
a pipe locally coated with an epoxy layer inside, which is a
simplified model of sludge in a pipe (Fig. 1). The T(0,1)
mode is excited in the free pipe region; this mode will propa-
gate along the free pipe until it reaches the location where
the bilayered pipe region starts. Due to the acoustic imped-

0g 50 100 150 200 250
Frequency (kHz)

Group velocity (m/ms)

Energy flow ratio

0 50 100 150 200 250
Frequency (kHz)

FIG. 2. (a) Group velocity dispersion curves of torsional modes in an alu-
minum pipe (inner diameter 16 mm and thickness 1 mm) coated with a 6-
mm-thick epoxy layer inside. Material properties are given in Table I. For
comparison, the torsional mode in a pipe without coating is also shown, by
the dashed line. (b) Energy flow ratio.
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TABLE I. Material properties of the aluminum pipe and epoxy layer used
for DISPERSE calculation and FE modeling.

Bulk longitudinal Bulk shear Density

velocity (m/s) velocity (m/s) (kg/m?3)
Aluminum 6320 3130 2700
Epoxy 2610 1000 1170

ance change, the torsional wave will be scattered: part of the
T(0,1) mode will be reflected back to the free pipe, while
part will be transmitted into the bilayered pipe region and
mode converted into the bilayered pipe modes.

The first measurement is carried out on the free pipe
region, measuring the reflection of the T(0,1) mode from the
entry point of the layer inside the pipe (Fig. 1). The charac-
teristic of the reflection coefficient spectrum is associated
with the cutoff behavior of torsional modes in the bilayered
pipe region. This measurement is aimed to be applicable to
those circumstances when the content inside the pipe cannot
be located or the region of interest is inaccessible. When the
cutoff frequencies have been measured, the thickness of the
coating layer can be obtained, provided that the bulk shear
velocity has been known beforehand.

The second measurement is performed at a local posi-
tion of the bilayered pipe, where some energy of the free
pipe mode T(0,1) has been converted into the bilayered pipe
modes (Fig. 1). A signal processing technique, the reassigned
spectrogram, is applied on the transmitted signal to distin-
guish the multiple modes and to reveal the group velocity
dispersion curves. The extraction of the coating properties
can be achieved from the measured cutoffs as before or by
best fitting analytical dispersion curves to the measured ones.
This second method is more reliable in the presence of high
noise levels.

The investigation starts with an introduction of the
propagation of torsional waves in bilayered pipes, followed
by a detailed analysis of their energy flow distribution (Sec.
II). The physical insight gained from this analysis enables the
design of the two guided wave measurement concepts to
characterize the coating layer inside the pipe. These are dem-
onstrated first by finite element modeling in Sec. III. Then
experiments are presented to validate the finite element mod-
eling in Sec. IV. General discussion on the applicability of
presented measurements follows in Sec. V.

Il. TORSIONAL WAVES IN THE BILAYERED PIPE

In order to understand the nature of the scattered field of
the T(0,1) mode from the discontinuity where the free pipe
meets the bilayered pipe, the characteristics of the torsional
waves propagating in the bilayered pipe need to be studied.

Let us consider a hollow, elastic, and isotropic cylinder
coated with an axisymmetric elastic layer inside. The cylin-
drical coordinates (r, 6,z) are appropriate here to represent
the geometry of the system (r, 6,z denote the radial, angular,
and axial position, respectively).

The Fourier transformed wave equation describing the
pr%pagation of distortional waves in a homogeneous medium
is

Ma et al.: Scattering of torsional modes inside pipes
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V°H + EH =0, (1)
where H is the vector potential which is parallel to z, w is the
angular frequency, and C,=Vu/p is the shear acoustic ve-
locity of the medium (u and p represent the shear modulus

and density of the medium). The generic solution to Eq.
(1) will be of the form

H =[AJy(k,r) + BY o(k,r)]e', (2)

where A and B are arbitrary constants, &, and & are the pro-
jections of the wave vector along the r and z directions, and
Jo and Y are the Bessel function of the first and second kind.
The displacement field can be obtained by applying the curl
operator to H, thus

Uy=[CJ,(k,r) + DY, (k,r)]e's, 3)

where C=-Ak, and D=-Bk,, the displacement field being
tangential. The phase velocity of a guided mode is defined as
Cpon=w/ & The nonzero components of the stress tensor are
therefore

oU U

o=l 5= @
U

wu(a—;), (5)

The displacement field associated with a torsional mode
propagating in a bilayered pipe can be expressed according
Eq. (3) where the constants C and D are different in the pipe
wall and the internal layer, leading to four unknown con-
stants. The unknown can be determined by solving the char-
acteristic equation obtained by imposing suitable boundary
conditions at the interface. In particular, we assume a good
bond state between the pipe and the coating layer, which
means the continuity of the displacement and the stress com-
ponent 7,4 at the interface. Also the zero traction condition is
imposed on both the free surfaces of the pipe and the internal
layer.l7 Moreover, if the pipe is completely filled, the con-
stant D has to vanish in order to remove the singularity of Y
at r=0.

These equations and conditions are implemented in the
software DISPERSE. Thus, the solution to the characteristic
equation was obtained by using the software DISPERSE.

Theoretical investigations of guided wave propagation
in layered structures have been carried out for a long time.
Of particular significance here is a theoretical study on the
propagation of shear horizontal (SH) waves in a plate coated
with a viscoelastic layer, which is a counterpart to our model,
but flat rather than cylindrical.13 In the bilayered plate case,
the bilayer modes originate from the interaction between the
modes of the free plate and those of the coating layer, if it
were rigidly clamped at the bilayer interface. The cutoff fre-
quencies of the SH modes of the bilayer were found to cor-
respond to the cutoff frequencies of the clamped-free coating
layer, which only depend on the thickness and bulk shear
velocity of the coating layelr.13 They are in direct proportion
to the bulk shear velocity and inverse proportion to the thick-
ness of the layer and can be approximated as
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¢
Fnza(ZN—l), (6)

where N e{1,2,3...}, C, and d are the bulk shear velocity
and thickness of the coating layer, respectively. As a result,
if the cutoff frequencies can be measured and the velocity of
the coating is known, the thickness of the layer can be ob-
tained by inverting Eq. (6).

This principle is also valid here for the case of torsional
modes in the bilayered pipe. However, Eq. (6) is no longer
an exact expression of the cutoff frequencies in cylindrical
structures, but it still indicates a qualitative relationship be-
tween the cutoff frequencies and the internal layer. Here, one
needs to solve the secular equation numerically as explained
later.

The energy flow distribution is an important parameter
that can help understanding of the scattering of the torsional
wave by the internal coating layer. The energy flow of the
guided wave is the rate at which it propagates energy along a
particular direction. Specifically for torsional modes, the en-
ergy flow density in the axial direction (z) at any radial po-
sition r can be expressed as'®

_ W’ p|Uy(r)?

=020 )

For the bilayered pipe, total time-averaged axial energy flow
in the pipe wall (E,) and in the coating layer (E;) can be
obtained by integrating Eq. (7) over the pipe wall thickness
- —
E,=—
o

” pi|Ug [Prdr, (8)
ph JYa

and the coating thickness

2 a
pa|Ugrr. &)

Here, a and b represent the inner and outer radius of the pipe
and c is the inner radius of the coating layer. The subscripts
1 and 2 refer to the pipe and the layer, respectively. In order
to quantify the distribution of propagating energy between
the pipe and the layer, we define a parameter EFR (energy
flow ratio) as the ratio of the energy flow in the pipe to that
in the layer
b
wi|Ug Prdr

E a
BFR=Z2-2C (10)
: J wo|U gol*rdr

The EFR spectra calculated for the modes shown in Fig. 2(a)
are given in Fig. 2(b), their significance being addressed in
the next section.

lll. SCATTERING OF THE T(0,1) MODE AT THE
DISCONTINUITY

Consider a torsional wave T(0,1) which is incident from
the free end of a pipe (Fig. 1). At the point where a coating
layer starts inside the pipe, the incident guided wave is partly

Ma et al.: Scattering of torsional modes inside pipes 1873



®

2 sy tayer @ 2Oy Tye
g g
= =
w
& &
= =
E 80 5 8O i
9.4 Fipe wall g4 Pipewall
0 ]
Amplitude (arb. units.) Amplitude (arb. units.)
20 poxy layer ©
g
2
Qo
&
=
2 80
) 904 Pipe wall \

0
Amplitude (arb. units.)

reflected into the free pipe mode T(0,1), and also partly
transmitted into the multiple torsional modes in the bilayered
pipe. It also needs to be mentioned that, since the layer is
axially symmetric, no mode conversion into longitudinal or
flexural modes occurs. Since both the reflected and the trans-
mitted signals are caused by the presence of the layer, their
characteristics should depend on the layer properties and the
nature of the guided wave behavior. However, due to the
different nature of the reflected and the transmitted signals,
different methods will be used to process them.

A. Reflected signal: The remote measurement

In a bulk analysis of a plane wave incident at the inter-
face between two different media, we would analyze the re-
flection and transmission by studying the change of imped-
ance between the two media. The situation here for guided
waves is more complex, but it is the extent to which the
modes in the free pipe match those in the bilayered pipe,
which determines the strength of the reflection, according to
the modal analysis theory.”’ In particular, if the energy flow
mode shape of T(0,1) in the free pipe matches well that of a
bilayered mode within the pipe wall, the mode is transmitted
with little energy being reflected. On the other hand, if the
matching is poor, a strong reflection occurs. The extent of the
mode matching can be assessed by studying the EFR spec-
trum.

Let us consider the T(0,1) mode incident at the cutoff
frequency of T, (Fig. 2). The EFR of T, is always larger than
that of T [as it can be deduced from Figs. 3(a) and 3(b),
which show the normalized energy flow distribution through
the thickness of the bilayered pipe], which means that 7,
tends to carry more energy in the pipe wall than 7. There-
fore, it is expected that T(0,1) in the free pipe will transmit
more energy into 7, rather than 7. However, it can be ob-
served that as the frequency increases, the EFR of T, in-
creases up to a maximum value labeled C in Fig. 2(b), where
the amount of energy traveling in the pipe wall is maximum
[see Fig. 3(c)]. As a result, as the frequency increases from
the cutoff frequency of 7, to C, T(0,1) tends to transmit more
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FIG. 3. Energy flow density mode shapes in Fig. 2(b).
(a) Mode shape of point A on the 7, mode. (b) Mode
shape of point B on the 7} mode. (¢) Mode shape of
point C on the 7, mode.

energy into 7T,; conversely the reflected energy tends to de-
crease by the energy conservation law. If the frequency in-
creases further, the EFR of T), starts decreasing together with
the transmitted energy from T(0,1), since the matching of the
energy flow mode shape deteriorates. When the frequency
reaches the cutoff of 75 a transition occurs and the energy of
T(0,1) starts to be mostly transmitted into T, since it will
have a larger EFR than 7T, and 7, afterwards. The same phe-
nomenon will repeat periodically as the frequency increases.
It can be concluded that the frequencies where maximum of
EFR occurs will approximate the minimum of the reflection
coefficient, whereas the maximum of the reflection coeffi-
cient should occur at the frequencies close to the cutoff fre-
quencies of the bilayered pipe modes.

To validate these predictions, a finite element (FE) mod-
eling simulation was performed to study the scattering of
torsional waves in such a structure, using the FE software
FINEL, developed at Imperial College.I8 The details of the
models are outlined in the Appendix. The material properties
used for the FE modeling are the same as those used for the
previous calculation and are listed in Table 1.

As illustrated in Fig. 1, the monitoring point of the re-
flected signal is set at one point in the free pipe region indi-
cated as the remote measurement. The time domain signal
from the FE simulation at this monitoring point is shown in
Fig. 4. The time trace shows the incident wave on its way to
the bilayered pipe region, and the reflection from the entry
point of the epoxy layer; the long temporal duration of the
reflected signal indicates the frequency dependence of the
reflection coefficient spectrum. The reflection coefficient
spectrum, calculated by dividing the magnitude of Fourier
transform of the reflected signal by that of the incident sig-
nal, is plotted in Fig. 5, which exhibits periodic peaks and
troughs. The roughness of the curves is due to the window
effect on the time domain signal. The cutoff frequencies of
the bilayered pipe modes (7,,73,T;) are marked as
F,,F;,F, in the frequency axis for comparison. It can be
seen that the peaks of the reflection coefficient spectrum oc-
cur almost exactly at the cutoff frequencies of the bilayered
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FIG. 4. Time trace, simulated by FE modeling, of the scattering of T(0,1) in
an aluminum pipe partially coated with a 6-mm-thick epoxy layer inside,
showing the incident and reflected signals received at the remote measure-
ment position indicated in Fig. 1.

modes, which confirms our above-presented analysis. Since
these cutoff frequencies are, for an assigned pipe, uniquely
determined by the epoxy layer thickness and bulk shear ve-
locity, the shear acoustic properties or thickness of the coat-
ing layer can be characterized by measuring the peak posi-
tions of the reflection coefficient spectrum.

B. Transmitted signal: The local measurement

Due to the coexistence of multiple modes and their dis-
persive nature, the transmitted signal received at a location in
the bilayered pipe (Fig. 1) is too complicated to be inter-
preted directly, as shown by the simulated transmitted signal
in Fig. 6. Some researchers have resorted to advanced signal
processing techniques to separate multiple modes and have
thus tried to measure the high order modes in a filled pipe
structure. Vollmann et al. showed that it is possible to mea-
sure the high order modes by means of a spectrum estimation
method to operate on multiple equally spaced wave forms
which are sampled along the filled pipe.g"0 Unfortunately,
the need for exact, spatially sampled data makes this tech-
nique very time consuming. Kwun et al. experimentally in-
vestigated the dispersion of the longitudinal wave modes for
a pipe that was completely filled with a liquid.19 By using the
spectrogram of the short-time Fourier transform (STFT),
they observed that the dispersion curve for the longitudinal
mode was divided into approximately equally spaced regions
separated by cutoff-type behavior. However, it was also ob-
served by the authors that due to the poor resolution, it is

Reflection coefficient

50 F, E, F, 250
Frequency (kHz)

FIG. 5. Reflection coefficient amplitude spectrum of T(0,1) in the aluminum
pipe incident at the section where it is partially coated inside with a
6-mm-thick epoxy layer (FE modeling). F,, F3, F, are cut-off frequencies of
the bilayered pipe.
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FIG. 6. Time trace, simulated by FE modeling, of the transmitted signal for
T(0,1) in the pipe partially coated with 6-mm-thick epoxy layer inside.

somewhat inaccurate to determine the cutoff frequencies
from the spectrogram. Recently, time-frequency representa-
tions such as the spectrogram, the scalogram, and the
Wigner-Ville method have shown promise for the interpreta-
tion of such s.ignals.20 The time-frequency representations
analyze signals by quantitatively resolving changes in fre-
quency content, as a function of time. These representations
suffer from the uncertainty principle, making it impossible to
simultaneously have perfect resolution in both time and fre-
quency. However, researchers at Georgia Institute of Tech-
nology have shown that the reassigned spectrogram (the re-
assigned energy density spectrum of the STFT) is capable of
distinguishing multiple Lamb wave modes from only a
single signal, and giving excellent representation of its dis-
persion curves.”’ The work by this group has used the reas-
signed spectrogram to represent the dispersion curves of free
plates and plates with cracks. 2!

In this paper, we apply the latter technique to the local
measurement of the transmitted signal in the bilayered pipe
region. By applying a wide band pulse signal for excitation,
all the bilayered modes in a frequency range of interest can
be generated. The receiver is positioned in the bilayered re-
gion to monitor the transmitted signal shown in Fig. 6. Only
one measured time-domain signal is needed. Then, to trans-
form the signal into the time-frequency domain, instead of
considering the Fourier transform of the entire signal at once,
we use STFT through a reassigned procedure, which effec-
tively refines the time-frequency resolution.”**

The contour plot of the square root of the reassigned
spectrogram of the signal shown in Fig. 6 is given in Fig. 7.
It reveals for each mode and at each frequency, the arrival
time of the transmitted signal which is determined by its
group velocity. As we can see here, the reassigned spectro-
gram provides a very clear representation of the individual
modes of the bilayered pipe. The cutoff frequencies (marked
as F,,F3,F,,...) of the bilayered modes can be estimated
from frequencies which correspond to the largest arrival time
as the group velocity tends to zero at the cutoff frequencies.
The accuracy of the dispersion curves represented from the
reassigned spectrogram can be assessed by comparison with
the analytical results from DISPERSE, shown in dashed
curves. DISPERSE provides the group velocity of each mode,
which can then be converted into arrival time for a certain
propagation distance. The comparison shows excellent
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FIG. 7. Comparison of reassigned spectrogram analysis and analytical cal-
culation (white dashed curves) for the transmitted signal in the bilayer part
of a pipe coated inside with a 6-mm-thick epoxy layer (FE signal).

agreement. A little reflected signal from the end of the bilay-
ered pipe can also be observed from the reassigned spectro-
gram, at the right bottom corner of Fig. 7.

IV. EXPERIMENTS

Experiments have also been carried out to validate the
analysis and FE calculations. The general setup for the ex-
periments is shown in Fig. 8. Two samples of aluminum
pipes (16.5 mm inner diameter and 1.4 mm wall thickness)
with partial coating inside were manufactured. The first was
a 1.25-m-long pipe, 0.55 m of which was coated inside with
a 6-mm thickness epoxy resin layer to represent the model
studied in this paper. Due to application difficulty, the epoxy
layer built inside the pipe was not perfectly symmetrical all
along its length. The second sample consisted of the same
pipe, but the epoxy resin completely filled the pipe for 0.3 m
from one end. This sample aimed to simulate the case of
ultimate blockage inside the pipe. The epoxy was cured in-
side the pipe so as to meet the theoretical assumption of good
bond condition between the layer and the pipe. The epoxy
resin employed is a commercial adhesive, Araldite 2020,
whose acoustic properties were determined by the authors
using conventional ultrasonic time of flight method® and are
listed in Table II.

The torsional mode T(0,1) was excited by four pieces of
shear-vibration piezoelectric (PZT) elements. These four pi-
ezoelectric elements were mounted axisymmetrically on the
external surface of the pipe to generate the torsional vibra-
tion as shown in Fig. 8. The piezoelectric elements were

Differential
pptical sensor head

Displacement and

velocity decoder
Receive point of Receive point of
transm

reflected signal LN itted signal

|

Digital Oscilloscope
Waveform generator }—

Torsional excitation

Free Pipe

PZT element

FIG. 8. Schematic of the experimental setup.
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TABLE II. Material properties of the aluminum pipe and epoxy layer used
for FE calculations to compare with the remote measurement results. The
bulk shear velocity of epoxy is determined by an independent measurement.

Bulk longitudinal Bulk shear Density

velocity (m/s) velocity (m/s) (kg/m?3)
Aluminum 6320 3130 2700
Epoxy 2610 1010 1170

excited by a Hanning windowed toneburst generated by a
custom-made wave-form generator and amplifier. T(0,1) is
the only axisymmetric propagating mode in the free pipe
with significant circumferential displacement below the cut-
off frequency of T(0,2), which will occur at 1.16 MHz for
the tested pipe. Therefore, only T(0,1) will be generated be-
low 1.16 MHz, provided the excitation is perfectly axially
symmetric. A single element attached to the pipe surface
would excite both torsional modes (axisymmetrical modes)
and flexural modes (nonaxisymmetrical modes). However, if
a series of elements are attached axisymmetrically around the
pipe to form a ring, it should be possible to suppress the
flexural modes to a certain extent.”* The use of four balanced
transducers is sufficient to suppress the excitation of only
two asymmetric flexural modes F(1,1) and F(1,2) below
110 kHz. The torsional vibration was detected by a laser in-
terferometer (sensor head: Polytec OFV 512, controller:
Polytec OFV 3001) operating in differential mode. The tan-
gential displacement was measured by focusing the two
beams at 30° with respect to the radial direction and by ori-
enting the beams in the plane perpendicular to the axis of the
pipe.

Different procedures for the excitation and reception of
torsional modes were used according to the signals to be
measured. To measure the reflected signal, a five cycle exci-
tation signal in a Hanning window was used to narrow the
frequency band into the range in which the current setup
could guarantee only the T(0,1) mode being excited without
flexural modes. The receiver was set at a position halfway
between the free end of the pipe and the start point of the
bilayered pipe, so both the incident and the reflected signals
would be received. To further remove the influence of the
flexural mode, measurements were carried out at four equally
spaced points around the circumference of the pipe, but at
the same axial location. By adding the four sampled wave
forms, we can obtain both the incident and reflected signal
only containing a single T(0,1) mode, since the flexural
modes which have a sinusoidal displacement distributed
along the pipe circumference are canceled by circumferential
averaging.

For the transmitted signal, we aimed to excite multiple
axially symmetric modes in the bilayered pipe. A two cycle
excitation signal with central frequency 150 kHz in a Han-
ning window was used, which covers a wide frequency band
from 40 up to 300 kHz. Since four PZT elements are not
enough to suppress flexural modes of order higher than two,
the excitation of T(0,1) is accompanied by weakly excited
higher order flexural modes. The transmitted signal was re-
ceived by the laser at a position in the bilayered region. Only
one signal wave form is needed for the signal processing.

Ma et al.: Scattering of torsional modes inside pipes
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FIG. 9. Reflection coefficient amplitude of the T(0,1) mode from the alu-
minum pipe coated inside with a 6-mm-thick epoxy layer, obtained by ex-
perimental measurement (line with black squares) and FE calculation (black
solid line).

A. Reflected coefficient spectrum: Experimental
results

The reflection coefficient is calculated by dividing the
frequency spectrum of the measured reflected signal by that
of the incident signal. The reflection coefficient amplitude
spectrum obtained from the pipe partially coated on the in-
side surface with a 6-mm thickness epoxy layer is plotted in
Fig. 9. The measured curve is obtained as a superposition of
measurements performed at different central frequencies,
ranging from 50 to 110 kHz. For comparison, the results of a
FE calculation performed with the material properties given
in Table II are also shown. We can see that the measured
reflection coefficient spectrum displays the characteristic
peak and trough, which follow the trend of the FE calcula-
tion well. The most important feature of the reflection coef-
ficient spectrum is that the first measured peak occurs at the
position of the FE prediction (86 kHz), which is very close
to the predicted cutoff frequency (83 kHz) of the T, mode of
the corresponding bilayered pipe.

However, it is clear that the magnitude of the measured
reflection coefficient spectrum is not as sharp as that of the
FE prediction, especially at the frequencies around the peak
position. The disagreement is largely due to the material
damping of the epoxy. So far the FE modeling considered the
epoxy to be an elastic material; however, the epoxy is known
to behave more like a viscoelastic material. Since the reflec-
tion peak is due to the presence of standing waves in the
coating layer, material absorption weakens the resonance
phenomenon, so resulting in a lower reflection coefficient."

Figure 10 shows the reflection coefficient spectrum ob-
tained for the pipe sample, completely filled with epoxy over
part of its length. The measured reflection spectrum shows
very similar characteristics to those shown in Fig. 9, but the
position of the first peak position shifts to a slightly lower
frequency (80.5 kHz) due to the increase of thickness of the
filling epoxy. For this configuration, Professor M. Castaings
at the University of Bordeaux I has provided FE simulations
which incorporate the material damping of epoxy assuming a
damping coefficient of 0.13 Np/wavelength given in the
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FIG. 10. Reflection coefficient amplitude of the T(0,1) mode from the alu-
minum pipe completely filled with epoxy over part of its length, obtained by
experimental measurement (line with black squares), FE calculation assum-
ing an elastic coating (black solid line), and FE calculation assuming a
viscoelastic coating (gray dashed line).

literature.” The details of this technique have been submitted
for publication in a separate paper by Castaings and Bacon.”®
For reference, the FE modeling without considering the ma-
terial damping of the epoxy is also provided. These results
confirm that material damping reduces the magnitude of the
reflection coefficient at the cutoff frequencies, and the agree-
ment between the FE prediction and the experimental results
is very good.

B. Reassigned spectrogram analysis of the
transmitted signal: Experimental results

The transmitted signal was measured in the bilayered
region of the pipe and only one time domain signal was
needed. The reassigned spectrogram was applied to the mea-
sured transmitted signals to represent the group velocity dis-
persion curves of the torsional modes in the bilayered pipe.
The signal was first measured on the sample of pipe locally
coated with 6-mm thickness layer, at a bilayer pipe position
0.15 m away from where the coating layer starts in the pipe.
The contour plot of the reassigned spectrogram analysis is
shown in Fig. 11, where the dashed curves represent the
analytical curves calculated with DISPERSE using the material
properties obtained from the remote measurement of the
same sample (listed in Table II). While the T, and the T,

500

Frequency (kHz)

o I
250 Time (us) 700
FIG. 11. Reassigned spectrogram analysis of measured transmitted signal

from the aluminum pipe coated inside with a 6-mm-thick epoxy layer, and
analytical calculation (white dashed lines) by DISPERSE.
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FIG. 12. Reassigned spectrogram analysis of measured transmitted signal
and best fit curves (white dashed lines) calculated by DISPERSE for the alu-
minum pipe locally filled with epoxy.

modes agree well with the analytical curves, the dispersion
curve of the 73 mode is influenced by some additional
modes, which were not present in the FE simulations (Fig.
7). These additional modes are flexural bilayered pipe modes
(asymmetrical modes) caused by the asymmetrical thickness
of the coating layer inside the pipe. Since the dispersion
curves of some flexural modes are close to that of the T3
mode (these are not shown for clarity in Fig. 7), they cannot
be well separated in either time domain or frequency do-
main, in which case the reassigned spectrogram is incapable
of distinguishing them.?’ Also, the mode structure of the T,
mode is destroyed by the asymmetrical layer, and little en-
ergy is transmitted into this mode.

The transmitted signal was also measured on the sample
of pipe locally filled with epoxy, at a position 0.09 m away
from where the epoxy filling starts. The result of the reas-
signed spectrogram analysis is shown in Fig. 12. In this case
the layer is perfectly symmetrical, so the dispersion curves of
the first four torsional modes of the bilayered pipe and their
cutoff frequencies can easily be identified and no flexural
modes are present. The white dashed curves are the analyti-
cal curves calculated from DISPERSE. The mode arriving later
is the reflection of the transmitted signal from the end of the
bilayered pipe.

It should be observed that the cutoff frequencies cannot
be estimated as in the case of the FE prediction shown in Fig.
7. The lack of definition is due to the large attenuation of
torsional modes at their cutoff frequencies caused by the ma-
terial damping of the epoxy ﬁlling.12 Moreover, no disper-
sion curves can be extracted above 220 kHz, since material
damping increases with frequency. A more effective method
is to best fit the analytical dispersion curves obtained from
DISPERSE to the measured ones, with respect to the thickness
or the bulk shear velocity of the coating layer (dashed
curves). The measured dispersions of high order modes are
highly sensitive to the change of these two parameters of the
coating. To show this, we estimated the thickness of the fill-
ing epoxy through the best fit procedure, using the bulk shear
velocity of epoxy obtained from the remote measurement
(listed in Table II). The thickness of the epoxy filling ob-
tained in this way is 8.2+0.1 mm. This is within 2% of the
pipe inner radii (8.25 mm).
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V. DISCUSSION

The motivation for this work is to provide an insight into
the possibility of detecting and characterizing sludges and
blockages inside pipes by guided ultrasonic waves. The pre-
sented principles and the measurement techniques which
have been demonstrated for an idealized bilayered pipe may
also be useful for various related applications. For example,
the local measurement technique could be beneficial to mea-
sure the properties of fluids inside pipes as is needed in many
online processing technologies and this is the topic of a sepa-
rate paper.27 For the sludge detection case, there are some
issues which need to be discussed as they may affect these
techniques in different ways.

First, the irregular shape of contents will certainly com-
plicate the model studied in this paper. The reflected signal is
caused by the acoustic impedance change at the entry part of
the coating layer. So it should be expected that the remote
measurement will be subject to the shape of the entry part of
the coating layer. In particular, the more gentle the transition
between the free pipe and the coated pipe, the lower the
reflection coefficient will be. On the other hand, this will
benefit the local measurement, since more energy is transmit-
ted into the bilayered pipe. The variable thickness of the
coating layer will affect the local measurement, since the
guided wave propagating in local parts of the bilayered pipe
region with different thicknesses will follow different disper-
sion changes. Depending on the thickness of each local part
of the bilayered pipe and the corresponding length, the local
measurement may represent an overall dispersion change of
the signal measured in the bilayered pipe. Also, if the coating
layer is asymmetrical, which is most likely for a sludge layer
to form in practice, some flexural modes (asymmetrical
modes) will appear in addition to the expected torsional
modes (symmetrical modes). Some of these effects have al-
ready been observed in the local measurement of the sample
of pipe with a slightly asymmetrical coating layer (Fig. 11).
A study is proceeding to investigate the significance of these
effects.

Second, the work described in this paper assumes that
the coating layer is properly bonded to the pipe, however,
there may be such circumstances in practice in which the
bond may be poor, or may even be a slip contact. The dete-
rioration of bond quality gives rise to the decreasing of the
mode coupling between the free pipe and the coating layer.
Nevertheless, on the positive side, an initial experimental
study by the authors has found that the presence of fluid may
be beneficial, when using the longitudinal mode with non-
negligible radial displacement. This has been observed ex-
perimentally on a sample with a poor bond condition by
measuring the reflection coefficient for the cases in which the
contact was dry or when it is wet. The presence of water
enables the transfer of energy from the pipe to the layer
thanks to pressure waves excited by the radial motion of the
pipe wall and transmitted into the layer.

Lastly, high material damping of a coating layer can
compromise the applicability of the remote measurement,
since the sharp reflection peaks at the cutoff frequencies
tends to disappear as the material damping increases.
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VI. CONCLUSION

The work in this paper has studied the scattering of the
fundamental torsional mode by an axisymmetric coating
layer inside a pipe. One of the stated objectives was to de-
velop some general methods to detect and characterize the
properties of a coating layer inside a pipe using torsional
modes. The presence of the layer increases the number of
torsional modes, which leads to new cutoff frequencies that
depend on the layer thickness and its bulk shear velocity.
Therefore, by measuring the cutoff frequencies, it is possible
to determine the thickness of the coating layer, if its bulk
shear velocity is known, and vice versa. Two methods have
been developed.

The first method measures the spectrum of the reflection
coefficient of the fundamental torsional mode incident on the
coated part of the pipe. FE calculations have shown that the
reflection coefficient spectrum exhibits periodic peaks, which
just occur at the cutoff frequencies of the bilayered pipe
modes. The phenomenon has been found to be due to the fact
that at the cutoff frequencies of the bilayered pipe modes, the
energy tends to flow in the coating primarily, while little
remains in the pipe wall. This causes a large mismatch be-
tween the modes of the free pipe and those of the bilayered
pipe region, so resulting in a strong reflection. This phenom-
enon is confirmed by experimental measurements, which
showed a very good agreement with predictions. This
method has the advantage that the measurement could be
carried out remotely from the coated region of the pipe and
the properties of the coating layer can be obtained without
necessarily knowing its location.

A second method is based on the measurement of the
torsional waves transmitted to the bilayered pipe region. A
time-frequency technique called the reassigned spectrogram
has been employed to analyze signals containing multiple
dispersive modes. The reassigned spectrogram has been ap-
plied to both FE simulated signals and measured ones and
proved to be very effective in extracting the group velocity
dispersion curves of the bilayered pipe modes. The measure-
ment is very efficient, since only a single time domain signal
is needed.
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APPENDIX

The FE modeling studies in this paper were carried out
using the software FINEL, developed at Imperial College.18
FINEL performs efficient modeling of elastic wave propaga-
tion using a time-marching procedure, and so produces simu-
lations of the signals which would be seen experimentally.
The model is axially symmetric, representing a radial-axial
section through the pipe and thus enabling two-dimensional
axially symmetric elements to be used. The aluminum pipe
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with 16 mm inner diameter and 1 mm wall thickness is
1.75 m long, 0.75 m of which, from the far end, is coated
with 6-mm thickness epoxy layer inside (the configuration is
illustrated in Fig. 1). The material properties of the pipe and
epoxy layer remain the same as those used for the calculation
of the dispersion curves shown in Fig. 2 and are listed in
Table I. The elements were defined to be perfectly square in
shape with the size of 0.2 mm. Thus, there are 5 elements
through the thickness of the pipe and 30 elements through
the thickness of the epoxy layer. A one-cycle pulse excitation
of 150 kHz central frequency is applied at the free end of the
pipe. Because the excitation has no significant energy above
the cutoff frequency of T(0,2), the only propagating mode
excited by this configuration is the T(0,1) mode. One has to
make sure that the reflection from the entry point is not dis-
turbed by any other reflections from the end of the pipe by
choosing a sufficiently long coated length. The results of the
models are obtained by monitoring tangential displacements
at the outside surface of the pipe. Two monitoring points are
set for measuring the reflected signal and transmitted signal,
respectively: the monitoring point of the remote measure-
ment is set at the half-way point between the free end of the
pipe and the entry point of the epoxy layer, so that both the
incident and the reflected signals could be measured; the
monitoring point of the local measurement is located 0.4 m
away after the layer starts in the pipe.
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In the field of acoustic land mine detection, the mechanical resonant behavior of land mines has
proven to be a feature key to this detection method’s success. Land mines are often interred at depths
ranging from several millimeters to tens of centimeters. Thus, it is necessary to understand the effect
of burial on the land mine’s resonances. Theoretical works on burial’s effects on land mine
resonance frequency have reported varying results. In this work, burial simulation experiments in
both water and sand using a land mine and a simulant have been performed to study the effect
“burial” has on the resonance frequencies of a land mine. Saturation of the resonance frequency
shift, i.e., the resonance frequency becomes constant after shifting due to added mass, is observed
in both burial simulations. The experimental observations are qualitatively explained by recent
theoretical work on the subject. © 2006 Acoustical Society of America. [DOI: 10.1121/1.2338294]

PACS number(s): 43.20.Tb, 43.40.Dx, 43.40.Rj [KA]

I. INTRODUCTION

Acoustic methods of land mine detection have recently
emerged as viable techniques for detecting land mines buried
in soil.'™ In some of these e,>(pe:rime:nts,1’4’5 broadband noise,
typically from 80 to 300 Hz, is used to insonify the soil sur-
face. The incident sound excites the vibration of the soil
matrix and any land mines buried in the insonified area. The
induced soil velocity amplitude is measured with a scanning
laser Doppler vibrometer (LDV). A buried land mine is de-
tected when an on/off-target velocity contrast is observed in
a localized area of the interrogated region through several
user-defined frequency bands."*’ It has been suggested that
the observed velocity contrast is due to the resonance behav-
ior of the buried land mine.>’

In order to operate, many land mines are designed to
mechanically deform in response to an applied force. This
deformation typically takes place in some type of plate sup-
ported by a spring, which transfers the force on the plate to
the detonator.® The spring can be a simple air cavity or a
mechanical device directly connected to the plate. The result-
ing mechanical system can exhibit resonances that increase
the on/off target velocity contrast as mentioned above. Re-
cent experimental observations’ ™ and theoretical efforts™' !
have demonstrated and attempted to model, respectively, a
complicated dependence of the land mine resonance on
burial depth in the simplest case, that of a uniform soil.

Experimental efforts by Donskoy et al® and Zagrai
et al.”'" have shown a resonance depth dependence that can-
not be described by simple mass loading. Their observations,
as well as those of Sabatier and Kormam,&9 show, with
greater burial depth, a tendency for the land mine to exhibit
a decrease in resonance frequency at shallow depths fol-
lowed by an increase in resonance frequency at larger depths.
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kirk.alberts @arl.army.mil
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To describe the soil-land mine system, one-dimensional
(ID) lumped element models have been proposed by Don-
skoy et al® and Zagrai et al.”'® Models of this type are well
suited to systems where the insonifying wavelengths are
large with respect to the dimensions of the system and, there-
fore, fit well with acoustic land mine detection.™” In its sim-
plest form, this model includes an effective mass, spring, and
dashpot representing the land mine. Coupled directly to the
land mine mass are a spring and a dashpot representing the
compressional stiffness and resistance of the soil. The mass
of the soil column above the land mine rests above the soil
compressional elements and couples to ground through a
spring and a dashpot representing the shear stiffness and re-
sistance of the soil. This model predicts a monotonic de-
crease in resonance frequency with increasing burial depth.

A more recent modification by Zagrai et al. in Sec. Il b
of Ref. 10 allows the lumped element model to predict the
observed upward trend in resonance frequency at large
depths. By considering the soil above the land mine to act as
an effective plate, the authors show a cubic depth depen-
dence for the effective shear stiffness of the soil. This cubic
depth dependence allows the land mine resonance to increase
in frequency at increasing burial depth. The modifications to
the lumped element model allow the model to closely fit
their observations.

A recent theoretical effort by Velea et al." gives signifi-
cantly different predictions for the land mine’s resonance
shift with depth. In this three-dimensional (3D) model, the
soil is modeled as an effective fluid. The scattered field
around the land mine is calculated to determine the particle
velocity of the fluid at the surface. As the depth of the land
mine is increased, this model predicts a cessation of the reso-
nance frequency shift at shallow depths; the resonance fre-
quency becomes constant at shallow burial depth. This effect
will be referred to here as saturation. This saturation can be
explained by the land mine’s beginning to see the fluid layer
above the pressure plate as an infinite medium. At sufficient
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TABLE I. Flush-buried mode shapes and frequencies measured on the VS 1.6 in both water and sand.

Mode | Shape | Freq.(Hz) | Freq. (Hz) | Mode | Shape | Freq. (Hz) | Freq. (Hz)
(m,n) Water Sand (m,n) Water Sand
- . 5
(0,0) |+ i 281 351 (3,0) 770 808
v 7
- T~ a
(1,0) CH | - \, 120 426 (1,1) 925 958
A 7z
)N
(2,0) | ety 390 570 (4,0)
\_: A '_t,
f, ‘\\
(0,1) [ - 485 660
O

burial depth, the land mine’s own radiation pattern into the
fluid begins to outweigh the effect of greater mass loading
with increasing depth.

In this paper, burial simulation experiments will be de-
scribed. The simulations were performed in both dry, uncon-
solidated sand and water to observe resonance frequency be-
havior in both shear and nonshear supporting media. An
Italian VS 1.6, plastic, anti-tank land mine was used during
burial simulation in water and in sand. Burial simulation in
sand also used an acoustic land mine simulant. The results of
these experiments will be shown with an attempt to explain
those results by utilizing the models described above.

Il. EXPERIMENTAL PROCEDURES AND RESULTS

As part of a study conducted on the Italian VS 1.6 land
mine, burial of the land mine was simulated in both water
and sand. An experimental modal analysis was performed
prior to the burial simulations in order to characterize the
modal behavior of the VS 1.6. The modal response of the
land mine was excited using an electromechanical shaker
and the surface velocity of the pressure plate was measured
using a LDV. The results of the modal analysis of the VS 1.6
flush buried in water and in sand are shown in Table I. In
Table I, the modes are grouped according to the integers m
and n, which refer to the number of nodal diameters and the
number of nodal circles, respectively. The reader will note
that, in the water results, the frequency of the first symmetric
mode is higher than that of the first asymmetric mode. This
and the subsequent reordering in sand have been presented in
Ref. 12, will be addressed in detail in a companion paper,
and are not of significance to this work. In this paper, modes
will be referred to by a parenthetical containing the integers
m and n separated by a comma; for example, (2,1) refers to a
mode with two nodal diameters and one nodal circle. Similar
modes have been observed by Zagrai et al.”" in land mines
and simulants. In both burial simulation experiments, the de-
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pendence of the modal frequencies on increasing burial
depth was tracked to as great a depth as possible. Burial
simulation in water will be discussed first.

A. VS 1.6 water immersion

Before beginning the experiment, the land mine was al-
lowed to soak in water for a period of five days in an attempt
to saturate the plastic. This was done since the land mine’s
pressure plate was believed to be constructed of a type of
Nylon, which softens with higher moisture content.”*'* After
soaking, the land mine was placed in an open-topped 25 cm
acrylic cube. Water was then added to the cube until it
reached a level even with the top of the land mine’s pressure
plate, a depth of 9.1 cm. This is referred to as the flush-
buried or flush condition. The vibration of the pressure plate
was then excited by an electromechanical shaker in light
contact with the pressure plate via a 3-mm-diam. aluminum
rod. A single cycle of a 1 kHz signal was sent to the shaker
from a function generator every 2 s. Simultaneously, a LDV
was used to measure the velocity of the plate surface in a
frequency range from O to 1.6 kHz with a spatial resolution
of 1.22 points/cm?. This experimental configuration is de-
picted in Fig. 1. Mode frequencies of the pressure plate were

25¢cm electro-mech.
acrylic l shaker
cube \

water

landmine

\,
—4

air

sand

FIG. 1. Experimental configuration used during burial simulation in water.
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FIG. 2. Mechanical admittance of the (0,0) mode of the VS 1.6 with in-
creasing depth in water, measured at the center of the pressure plate.

recorded as water was added above the pressure plate in
3 mm increments, corresponding to 48.8 g of water uni-
formly distributed across the surface of the plate, until a
depth of 12 cm was reached. With the exception of the (4,0)
mode, all modes persisted as the depth was increased. The
(4,0) mode was not excited well by the shaker and the
mode’s absence was not deemed significant. It should be
noted that the LDV was positioned so that it was several
degrees away from the water surface normal. This attempts
to minimize the water’s effects on the vibration measurement
of the land mine, which tends to add some uncertainty in the
measured velocity without affecting the measured
frequency.15 The modes of the plate were measured with the
LDV at each water increment.

Results of the burial simulation in water appear in Figs.
2 and 3. Plotted in Fig. 2 are admittance curves of the pres-
sure plate for three submersion depths in water. The curves
for the 3 and 9 mm submersion depths have been left out to
avoid confusion. The reader should note the large admittance
amplitude. The large peak in the O mm depth curve at
280 Hz corresponds to the (0,0) mode of the pressure plate,
indicated by an arrow. This mode clearly shifts downward in
frequency as the submersion depth is increased, indicated by
arrows. Figure 2 illustrates the ease with which high admit-
tance modes are tracked as the submersion depth increases.
None of the peaks appear to be attributed to vertical modes
in the water container since the half-wave resonance, calcu-
lated for the greatest water height in the box, 21.1 cm, is
roughly at 3.5 kHz. A half-wave resonance in the water col-
umn is expected because the acrylic container rested on sand,
which has a specific acoustic impedance roughly an order of
magnitude less than that of the water. Assuming compres-
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FIG. 3. Modal resonance frequency depth dependence curves showing satu-
ration at greater depths.
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FIG. 4. Depth dependence of the (1,0) mode of the VS 1.6 as measured
(dotted) and treating the water layers as uniform additions of mass (solid).

sional wave speeds of 100 m/s in sand and 1500 m/s in
water and densities of 1600 kg/m? in sand and 1000 kg/m?
in water, the sand below the container approaches a pressure
release boundary.

Plotted in Fig. 3 are the resonance frequencies of several
modes of the VS 1.6 versus submersion depth. It should be
noted in Fig. 3 that as the height of the water above the plate
increases, the modal frequencies cease their downward shift
in frequency. Of interest is the rapid saturation of the fre-
quency shift at a rather shallow depth of approximately
3 cm.

Figure 4 shows a plot of the resonance frequency shift of
the (1,0) mode of the VS 1.6. The solid line in Fig. 4 is
calculated from the solution to the equation of motion for a
thin plate carrying a mass uniformly distributed across the
surface of the plate; i.e., equivalent to a one-dimensional
treatment of the mass load. Immediately, it is noted that the
measured and calculated curves rapidly separate and, as ob-
served in Fig. 3, the measured curve saturates while the uni-
form loading curve decreases with increasing immersion
depth. Calculated curves for the other modes show behavior
similar to that shown in Fig. 4 for the (1,0) mode.

There are some difficulties in making a direct link be-
tween the results presented here and the predictions by Velea
et al.;11 such a link is also not the intention of this work. The
difficulties arise from the small size of the acrylic container
and the parameters of the fluid in Velea et al. and those of the
water. The effective fluid in Velea er al.'' has a compres-
sional wave speed of 160 m/s and a density of 1400 kg/m?
where the experiment presented here was conducted in water
having a compressional wave speed of roughly 1500 m/s
and a density of 1000 kg/m?>. The large difference between
the parameters precludes any direct link between the results
of Velea et al. and those presented here.

The small size of the container implies that a 1D de-
scription of the mass loading of the plate should suffice since
the container is too small for it to be considered infinite as
compared to the size of the land mine. However, Fig. 4 dem-
onstrates that such a 1D description does not work. Although
the saturation predicted by Velea et al."" does not explicitly
describe that observed here, the authors’ description coupled
with the small size of the container illuminates an explana-
tion of the observed behavior. At shallow immersion depths,
the resonance frequencies of the land mine are affected by a
one-dimensional process; the pressure plate of the land mine
sees the layer of water as a mass uniformly distributed across
the plate and the resonance frequencies of the plate shift
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FIG. 5. Experimental configuration used during burial simulation in sand.

accordingly. As the immersion depth increases, a three-
dimensional effect begins to dominate; the volume of water
in the container adds an effective stiffness to the pressure
plate. The observed saturation is due to an interpolation be-
tween the two effects.

B. VS 1.6 sand burial

In an attempt to obtain results for a medium that sup-
ports shear, the water experiments were repeated in dry, un-
consolidated sand contained in a 96 by 146 by 29 cm
wooden box. Before beginning the sand burial simulation,
the land mine was allowed to dry. The shaker was again used
to excite the vibration of the pressure plate, although the tip
of the rod was glued to the pressure plate, and the LDV was
replaced with two small accelerometers; the first placed 1 cm
from the excitation point and the second placed at the center
of the land mine. Figure 5 depicts the configuration used for
this sand burial simulation experiment. The placement of the
accelerometers allows the tracking of both symmetric and
asymmetric modes. Ten centimeters of sand was then exca-
vated from the box and the land mine was buried flush with
the sand in the center of the box. The vibration of the pres-
sure plate was then excited and the mode frequencies re-
corded. Sand was then added to the box in half-centimeter
increments, corresponding to a mass of 130 g uniformly dis-
tributed over the pressure plate, until the excavated 10 cm of
sand was replaced. The frequency response of each acceler-
ometer was recorded at each increment.

Figure 6 shows the frequency response of the center of
the pressure plate during the addition of the first 2 cm of
sand. The broad peak in the zero depth response at approxi-
mately 300 Hz corresponds to the first symmetric mode of
the pressure plate. As the height of sand above the pressure
plate is increased, the first symmetric mode shifts downward
in frequency. However, another large, broad peak at 430 Hz
begins to overwhelm the first symmetric mode at a sand
height of 2 cm. This large peak is believed to be due to
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FIG. 6. Mechanical admittance of the center of the VS 1.6 with increasing
depth in sand.
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FIG. 7. Simulant as used during the sand burial simulation experiments.

resonance in the sand over the height of the sand container.
By considering the frequency of 430 Hz to be a half-wave
resonance in the sand column and taking the height of the
column to be 17 cm, then a vertical compressional wave
speed of approximately 150 m/s is obtained for the speed of
sound in the sand. This appears to be a reasonable vertical
wave speed since horizontal time-of-flight measurements in
the sand container yield horizontal compressional wave
speeds ranging from less than 100 to 200 m/s at depths of
approximately 7—22 cm, respectively. Half-wave resonance
is expected in this case because the bottom of the sand con-
tainer is raised roughly 15 cm from the floor.

At sand heights greater than 2.5 cm, the modes within
the sand container completely hide the response of the pres-
sure plate as measured by the accelerometers. With the in-
ability to track the modes during the burial simulation ex-
periment in sand on the VS 1.6, the experiment was repeated
using an acoustic land mine simulant with a greater mechani-
cal response.

C. Simulant sand burial

The simulant constructed for this experiment was cre-
ated to reasonably match the first symmetric frequency of the
flush-buried VS 1.6 by placing a clamped plate above a
backing volume of roughly the same size as that of the VS
1.6. The simulant is depicted in the Fig. 7. Figure 8 gives
some insight into the reasons for attempting to repeat the
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FIG. 8. Magnitude of the mechanical admittance at the center of the flush-
buried VS 1.6 and Simulant.
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FIG. 9. Mechanical admittance of the center of the simulant with increasing
depth.

experiment with the simulant. First the modes of the simu-
lant are similarly located in frequency to those of the flush
buried VS 1.6. Second and most important is the fact that the
modes of the simulant are of higher Q than those of the VS
1.6. This does not allow the modes in the sand container to
overwhelm those of the simulant.

Again, ten centimeters of sand was excavated from the
container and the simulant was buried with its pressure plate
flush with the sand. The shaker excitation and accelerometer
measurements were repeated at the same half-centimeter in-
crements as done with the VS 1.6. Figure 9 shows the re-
sponse of the simulant pressure plate as the height of the
sand above the pressure plate is increased to 2 cm. Immedi-
ately it is observed that the first symmetric mode of the pres-
sure plate can be readily tracked as the height of the sand is
increased. The first symmetric mode can be tracked to the
full 10 cm sand height of the experiment. Figure 10 shows
the change in the first symmetric modal frequency with in-
creasing sand height relative to the frequency at the flush
condition. Initially the frequency of the first symmetric mode
shifts in a manner similar to the shift observed when adding
mass to a simple harmonic oscillator. As the sand height
increases, however, the frequency stops decreasing and be-
gins to increase. When a sand height of approximately 4 cm
is reached, the frequency shift ceases and a saturation phe-
nomenon is observed similar to that observed in the water
experiments. Plotted in Fig. 10 is a theoretical fit to the data
utilizing an equation reported by Zagrai et al.,'" which is
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FIG. 10. Plot showing the resonance frequency shift of the first symmetric
mode of the simulant (squares) versus increasing sand height. Also plotted is
a theoretical curve (solid line) produced from Zagrai et al. (See Ref. 10)
using typical parameter values for dry sand.
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derived by considering the soil to act as an effective elastic
plate directly coupled to the pressure plate. If the frequency
equation reported by Zagrai et al. is normalized by the fre-
quency of the pressure plate in the flush condition, the fol-
lowing frequency ratio is realized:

f(H) \/ Y, b + Y H M,

f0) Y,k M, +pH =

In Eq. (1), H refers to the burial depth of the mine, Y, to an
effective Young’s modulus for the soil, p, to the density of
the soil, Y,, to the Young’s modulus of the pressure plate, %,
to the thickness of the pressure plate, and M,, to the mass per
unit area of the pressure plate. To create the fit curve in Fig.
10, the following parameters were used for the soil: Young’s
modulus of 8 MPa; soil density, in this case for dry sand,
of 1600 kg/m?. Parameters used for the simulant plate are
a Young’s modulus of 6.4 GPa, a density of 1245 kg/m?,
and a thickness of 3.2 mm. The value of Young’s modulus
for the plate is effective since the simulant is constructed
with a backing volume that acts to stiffen the plate. Plate
density and thickness are also slightly different from the
material specifications. It is thought that these differences
might arise from the polyamide’s ability to absorb
moisture.

Equation (1) provides a very good fit, at depths less than
4 cm, to the data taken during the sand burial simulation (see
Fig. 10). At depths larger than 4 c¢m, shallow in terms of land
mine detection, the plate approximation of Eq. (1) breaks
down, implying that the soil-land mine system can no longer
be described one dimensionally. Experimental results re-
ported by Zagrai et al.,'" Korman and Sabatier,” and Turner
et al.'® all show the behavior predicted by Eq. (1). Upon
increased burial depth, an initial decrease in resonance fre-
quency was followed by an increase in resonance frequency
at greater depths. In all cases, however, the experimental
configuration consisted of a plate or land mine with a termi-
nating pipe above. Into this pipe, layers of soil are distributed
over the plate, thus increasing its burial depth. The pipe
above the plate also has the effect of limiting the plate’s
radiation to one dimension. As such, the three-dimensional
saturation effect observed on the land mine simulant is not
observed in Refs. 9, 10, and 16.

There are further differences between the experiments
presented here and those in the literature and in the field. In
the literature, as well as in the field, the land mine is often
driven by loudspeakers or shakers insonifying the soil sur-
face and the soil surface vibration is then measured.”’ '
Here the pressure plates of the land mine and the simulant
were driven directly using a thin rod connecting the plate to
a shaker while an accelerometer or LDV is used to directly
measure the vibration of the plate, not the soil surface. A
recent work by Korman et al."” demonstrates, by simulta-
neously measuring the plate and soil surface responses, that
the vibrations, at resonance, of the plate and the soil surface
are nearly identical. This has the implication that the plate
vibration measurement methods described here are justified.
It also follows that the insonification method is justified be-
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cause the land mine’s modes control the soil surface vibra-
tion, so directly exciting the modes and exciting them
through the soil are equivalent.

In the field, the ground is truly an infinite 3D medium
and excitation and measurement are done through the soil
surface. Further, the soil is inhomogeneous on a scale similar
to that of the land mine, the soil is consolidated by weather-
ing processes, and the soil is subject to wide variations in
moisture content over relatively short time scales. These are
all reasons to attempt to study the depth dependence of a
land mine’s resonance frequencies in a controlled laboratory
environment. By moving into the laboratory, all of the pre-
vious unknowns can be reasonably controlled in order to
isolate the depth dependent resonance frequency. However,
laboratory containers introduce their own problems, particu-
larly modes within the container. This has been addressed
here by the high O of the land mine simulant.

lll. CONCLUDING REMARKS

Resonance frequency shift saturation has been observed
in burial simulation experiments performed in both water
and sand. Qualitatively, this can be explained by the land
mine being affected by the three-dimensional nature of its
burial medium.

When submerged in water, this saturation effect occurs
at shallow depth after the land mine exhibits resonance fre-
quency shifts similar to those expected from simple mass
loading theory. The experimental configuration used in the
water experiment, specifically the size of the acrylic cube,
does not allow the saturation description reported by Velea
et al."" to be applied to the observations of the water experi-
ment. Despite the small cube, a transition between a one-
dimensional mass loading effect and a three-dimensional ef-
fect of the water stiffness qualitatively explains the
observations.

At very shallow burial depths in sand, the land mine
simulant exhibits behavior observed in essentially one-
dimensional experimentSL10 and explained theoretically by
Zagrai et al."® At the most shallow burial depths, less than
1.5 cm, the simulant’s resonance first shifts downward in fre-
quency due to simple mass loading. Upon deeper burial, this
shift is followed by an increase in resonance frequency, sug-
gested to be due to a cubic dependence of shear stiffness on
burial depth 19 The observed resonance frequency shift then
deviates from the coupled plate prediction of Zagrai et al. at
a depth of roughly 3 cm after which the upward shift slows
and finally saturates near a burial depth of 4 cm. At depths
ranging from O to 3 cm, the coupled plate model, with rea-
sonable parameters for sand, yields a good theoretical fit to
the data before the saturation is observed at depths still
within the range of typical land mine emplacement.
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Volumetric acoustic vector intensity imager
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A new measurement system, consisting of a mobile array of 50 microphones that form a spherical
surface of radius 0.2 m, that images the acoustic intensity vector throughout a large volume is
discussed. A simultaneous measurement of the pressure field across all the microphones provides
time-domain holograms. Spherical harmonic expansions are used to convert the measured pressure
into a volumetric vector intensity field on a grid of points ranging from the origin to a maximum
radius of 0.4 m. Displays of the volumetric intensity image are used to locate noise sources outside
the volume. There is no restriction on the type of noise source that can be studied. An experiment
inside a Boeing 757 aircraft in flight successfully tested the ability of the array to locate
flow-noise-excited sources on the fuselage. Reference transducers located on suspected noise source
locations can also be used to increase the ability of this device to separate and identify multiple
noise sources at a given frequency by using the theory of partial field decompositions. The
frequency range of operation is 0 to 1400 Hz. This device is ideal for the diagnostic analysis of
noise sources in commercial and military transportation vehicles in air, on land, and underwater.
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PACS number(s): 43.20.Ye, 43.40.At, 43.60.Pt, 43.60.Sx, 43.60.Lq [SFW]

I. INTRODUCTION

The measurement of acoustic intensity has long tempted
the acoustician with its promises of localization and quanti-
fication of unknown noise sources and the determination of
the sound power radiated from a machine."” The acoustic
intensity probe using two microphones is now a main stay of
many measurements in industry and government. More so-
phisticated probes are appearing such as the three-axis inten-
sity probe that provides the intensity vector at a point.3

Spherical arrays of microphones/hydrophones, that are
the footing of this paper, have long been used in acoustics.
Spherical harmonic decompositions of the measured field al-
most always form the basis behind the theory in these array
systems and two early implementations were significant in
acoustics.*” A very recent paper is a very good source of
information about sound-field analysis using spherical
arrays.6 Radar antenna measurements using spherical arrays
have a rich history, relying heavily on spherical harmonic
decompositions.7’8 Almost all of the research and develop-
ment has been aimed at predicting the far field from knowl-
edge of the near field representing mathematically a well-
posed forward problem. The research introduced here we
believe presents for the first time a volumetric and holo-
graphic projection of the intensity vector encompassing the
volume in the interior of a spherical array of microphones
(well-posed forward problem) as well as the volume just out-
side the sphere (ill-posed inverse problem). The imaged in-
tensity represents a spatially smoothed version of the active
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Y Also with SFA Inc., Largo, MD 20774.
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intensity and thus differs dramatically from the the popular
single axis and multiple axis vector intensity probes that pro-
vide high measurement accuracy and no spatial smoothing.
The volumetric intensity imager aims at more qualitative re-
sults, sacrificing high accuracy to image the intensity vector
field at hundreds of points throughout a sizable volume, in-
stantaneously. Furthermore this device is augmented in its
ability to isolate individual noise sources and map their in-
tensity fields by using state-of-the-art signal processing.

We present in Sec. II a brief overview of basic theory of
operation and design and in Sec. IIl we provide analytic
formulas for the reconstruction error of the pressure field
based on a plane wave source. A numerical experiment with
a point monopole source outside the volume is presented in
Sec. IV to articulate the errors of the intensity vector recon-
structions. The front end signal processing used to isolate
individual noise sources is described in Sec. V and applica-
tion to an in-flight experiment inside a Boeing 757 aircraft is
presented in Sec. VL.

Il. RECONSTRUCTION EQUATIONS

A hallmark of near-field acoustical holography (NAH) is
the reconstruction of the acoustic field in a volume, which
we call a “volumetric reconstruction,” from information ob-
tained on a surface. Spherical NAH provides the most ideal
formulation for volumetric reconstructions, both in simplic-
ity of theory and ease of application. Consider a spherical
reconstruction volume ) represented by spherical coordi-
nates r=(r, 0, ¢) € V of extent defined by 0 <r=<r,,, which
is source free (homogeneous wave equation applies). The
array of microphones assumed constructed to have negligible
scattering is located at r=a<r,,. The acoustic pressure
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P(r,®) may be represented anywhere in V by an expansion
in terms of orthogonal spherical harmonics Y;'(6,¢) and
spherical Bessel functions’ T

Pao(r,w) = lim pu(r,w),
N—o©

where

N . (kr) n
vy =SS b a,w0) Y0, ), (1)
n=0 ]n(ka) m=-n

with k=w/c. The unknowns P,,, in this equation are called

the Fourier coefficients. The components of the velocity vec-

tor are given in terms of these unknown Fourier
coefficients:’

N n

1 < Julkr) dY,/(6,¢)

vyr,w) = —2 T 3 P,

iovpig rjplka) ; =, "™ 36

N n
1 Jnlkr) imY,'(6,¢)
U(;S(ra 0)) = _E 2 P, sin 6
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I ialkr) &
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LpC ;=0 ]n(ka) m=—n

where the equalities hold strictly only in the limit as N — <.
Note that these expressions use only j,(kr) which is finite at
the origin, as opposed to h,(kr) that must be used if the
sources are located at r<a.* Finally, the active intensity

vector [ in spherical coordinates is then determined by the
usual expression using unit vectors é:

. 1. ) )
I(r,w) = 5%[1%0(0069"‘ Vgl + Ugép)]. (3)

For the volumetric acoustic intensity imager (VAIM) the in-
tensity is computed on a cubic lattice of points in V' and
displayed in three-dimensional plots, as will be shown in
Sec. IV.

The unknown Fourier coefficients P,,,(a,w) are
determined’ by integration of the pressure field at r=a over a
sphere:

Pmn(a,w)Effpm(aﬂ,(ﬁ,w)Yf,”(é’,(ﬁ)*dQ, 4)

with dQ)=sin 6d6d¢ and where p,, is derived from a tem-
poral Fourier transform of the measured pressure in the
usual way. The spherical array is designed so that the
microphones are located at the quadrature points (6;, #;),
j=1,...,50, of an efficient algorithm to compute the sur-
face integration in Eq. (4). One such efficient numerical
quadrature algorithm is given by Lebedev,'"'" who pro-
vides a set of quadrature algorithms for optimum quadra-
tures on a spherical surface for a range of microphone
densities from 38 to 890. These algorithms are optimum
by providing an exact integration of products of spherical
harmonics up to a given sum of orders. As we will see in
the following this errorless integration is critical. The 50
element algorithm used in this paper integrates with no
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error products of spherical harmonics (say of order n’ and
n) up to n+n’ <11. Thus under this condition

50
21 WY, (6).0)Y, (0. ) = Syt 8yt
i

where & is the Kronecker delta and w; are the quadrature
weights. Even when n=n'=6 most of the orthogonality still
remains, so the quadrature algorithm breaks down ‘“‘grace-
fully.” Lebedev’s algorithms are invariant with respect to
octahedral symmetry, that is, the microphone locations on
the spherical cap subtending one of the eight faces of the
octahedron are identical (after rotation) on the other seven

faces. Using the quadrature algorithm Eq. (4) is approxi-
mated by ﬁmn,

50

ﬁmn(a’w) = 2 ijoc(a’ ej’ d)jsw)ynm(aj» ¢j)* (5)
j=1

Since from Eq. (1)

’

pw(a79j7¢j7w) = 2 E Pm'n’Yzl"(aj’ ¢j)

!
n'=0 m'=-n'

the algorithm forces

A

Pmn=Pm’n’5mm’ nn' ifn+n' <11 (6)
Thus we are guaranteed that IA’mn=Pmrn, as long as n or n’
<35, i.e., the first 36 Fourier coefficients are determined
without any integration error. For the computation of the
pressure and velocity vector in Egs. (1) and (2) we choose to
use only these accurately computed Fourier coefficients and
thus these sums are truncated to N=<5. We found that there
was no gain in accuracy if we used the n=6 approximated
Fourier coefficients.

The quadrature weights and locations in Cartesian coor-
dinates are easily derived using Lebedev’s parameters listed
under 11.1 in Ref. 11 and are not reproduced here for brevity.
However, we note that the locations put 12 microphones on
each of the Cartesian coordinate planes. Thus spatial aliasing
of the acoustic wavelength occurs at 1.64 kHz so that at least
two samples per wavelength occur below 1400 Hz, the upper
frequency of operation.

As stated in the abstract, the VAIM provides a spatially
smoothed version of the active intensity, an inevitable effect
of the finite limit in the summation over n. It is straightfor-
ward to show that the relationship between the reconstructed
field py and the measured field p.. can be expressed as

pN(a’ 0,’¢,) = f fpw(a’ 0a ¢)

n=0 m=-n

Y™(0,4) YO, $") |dQ.

The smoothing effect of the term in square brackets in the
above-presented equation is brought out by the completeness
relation for spherical harmonics,9
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which provides a sin(Nx)/(mx) like behavior, becoming a
delta function in space as N—oc. This smoothing carries
over to the velocity and intensity vector computations. As
to the errors that result, we turn to the following two
sections.

lll. ERROR ANALYSIS AND CONSIDERATION
OF NOISE

One can derive analytical formulas of the error in the
reconstruction of the pressure and velocity vector fields as a
function of r if one assumes that the source is a plane wave
and that the noise €(6, ¢) in the microphones is Gaussian and
spatially incoherent with variance o”=E[|€|*], where E is the
ensemble average. The derivation is presented in Ref. 9 for
the normal velocity error, and the development for the pres-
sure error is identical and thus is not presented here. We
present results only for the pressure case, as the velocity
cases do not present any additional insight. Since these for-
mulas are based on a plane wave source, they do not include
the error due to the presence of evanescent waves in the
source field, waves that typically exist in the near field of
sources. However, the formulas do provide valuable insight.
It is assumed in this derivation that the Fourier coefficients
are determined without error by the quadrature algorithm, as
long as N=<35, as discussed earlier.

We define the root mean square error £ at a radius r
using integration of the recon structed field over a sphere of
radius r as

_ (E[|po(r) - Pf;(r)|2]))”2
4= < (|p(r)[) .

where ()= (1/4) [ [*dQ). In this equation p., is the exact
pressure with no noise and p,‘\s,(r) is defined, following Eq.
(1), as

()

Ejn(k) E

n=0J n k )m——n
constructed from the measured Fourier coefficients me
cluding noise, following Eq. (5):

50
= 2 pﬁ(a7 ]7 ) ;?(0]9 d)])*’ (9)
J=

where p%(a,0;,¢)=p.(a,0;,¢,)+e(6;, ¢, is the pressure
measured at the jth microphone locatlon. Certainly as o
—0 pr—Dn-

Following Chap. 7 of Ref. 9 to evaluate Eq. (7) we find,
given a plane wave incident at any angle, that the root mean
square error at r is
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FIG. 1. (Color online) Total error from Eq. (10) for 30 dB SNR, r=0.4 m,
and values of N=2,3,4,5. The solid curve labeled r=0.4 follows the values
of N with the minimum error, and thus represents the actual error after
regularization (choosing optimum value of N).

N
E(r) = (1 - (2n+1)j,(kr)?

n=0

02 N <Jﬂ(kr))2 1/2
Fomip 2 ) ) o 00

where we call the first two terms the “base system error” and
the last (third) term the “noise error.” In the derivation of Eq.
(10) the 167 in the denominator results from an additional
approximation given by X%,w?|Y7'(6;,¢,)|*~1/4, not in
Ref. 9.

We study Eq. (10) to understand the basic errors that
arise in the reconstructions. Note that in the base system
error term that 2_(2n+1)j,(kr)?=1, so that the base system
error diminishes to zero as N increases. Since N is limited
due to Eq. (6), the base system error can only be reduced by
increasing the number of microphones in the array. For ex-
ample, based on Lebedev’s formulas'' we would need 86
microphones to get to N=7 and 170 to get to N=10. Note
also the remarkable result that this error does not depend on
the radius of the array; any size array will encounter the
same base system error when reconstructing the field at a
radius r. The upper frequency limit of the VAIM is deter-
mined by the base system error, as will show in the follow-
ing.

The noise error term in Eq. (10) is inversely proportional
to the signal-to-noise ratio (SNR) {(|p..|*)/¢? and increases
with . What is not clear is the critical fact that the noise
error can be reduced by decreasing the limit of the summa-
tion N at the low frequencies. This fact leads directly to a
regularization filter in n which we discuss in the next section.

Regularization filter. Figure 1 is a plot of £(r) of Eq.
(10) for a SNR of 30 dB and various cutoffs N. In the results
to follow a=0.2 m the radius of the VAIM array. The four
curves corresponding to the legend represent the error when
the reconstruction radius r=r,,,=0.4 and when N is limited
to the values indicated in the legend. We can see that at the
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lowest frequencies N=2 provides the least error up to
200 Hz, switching to N=3 then to N=4 at 400 Hz and finally
to N=5 at and above 600 Hz. The solid line labeled r
=0.4 m follows the values of N with the minimum error. The
variable cutoff in the n summation for minimum error in Eq.
(10) represents a regularization filter (with no taper in n) that
controls the (kr)" behavior of j,(kr) in its small argument
domain, viz. kr<n. Filters of this kind are critical to the
success of NAH."

Two solid lines below the »=0.4 line in the figure rep-
resent the minimum error for two other reconstruction radii,
r=0.3 m and r=0.2 m as labeled and show that the errors
diminish significantly for smaller reconstruction radii. Al-
though not shown the results at these two radii have the same
transition frequencies in N for minimum errors as the r
=0.4 m case noted earlier, namely 200, 400, and 600 Hz.
Thus, for example, N=2 provides the smallest error in the
range 0—200 Hz for all three radii.

Finally, the dashed line in Fig. 1 labeled r=0.4 m, o
=0 is a calculation from Eq. (10) of only the base system
error at a reconstruction radius of 0.4 m and N=35. Since this
curve follows the last legend curve (that includes noise) it is
clear that the base system error dominates the high frequency
regime (above 800 Hz in this figure). This fact sets the upper
frequency limit of operation of the VAIM as well as the
maximum reconstruction radius. Adding more sensors will
decrease this error, as discussed earlier, and thus extend the
high frequency limit of operation. Futhermore with respect to
regularization, we note the important deduction that no regu-
larization is needed above about 800 Hz since the noise error
is overshadowed by the base system error here. Contrarily, at
the low frequencies the difference between the aforemen-
tioned two curves shows that the error is controlled by the
noise error term of Eq. (10), not by the number of micro-
phones in the array.

The above-presented simple regularization scheme pro-
vides the potential to determine an a priori regularization
scheme based on two variables, the frequency and the SNR,
as will be discussed further in Sec. IV A. We now turn to
examine volumetric intensity reconstructions and the error
associated with them.

IV. NUMERICAL EXPERIMENT WITH A POINT
MONOPOLE SOURCE

We choose to model intensity errors using point sources
instead of plane waves as was done earlier. The point source
is an attempt to more correctly model the errors when the
spherical array is placed close to vibrating surfaces. We
choose a point source located outside the array in otherwise
free space at distance of 1 m from its origin. Its angular
orientation with respect to the coordinate system of the array
is irrelevant due to the important fact that reconstructions are
invariant to rotations of the spherical array. This result fol-
lows from the faithful computation of the Fourier coeffi-
cients Eq. (9). One cannot derive simple formulas, like those
noted earlier for pressure reconstructions, to estimate the er-
rors associated with reconstruction of the intensity vector
field in the volume r=<0.4. Thus we resort to computer simu-
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FIG. 2. (Color online) Estimated root mean square intensity errors in dif-
ferent reconstruction volumes with added noise (SNR=25 dB), for a point
source at 1.0 m from origin.

lations in which the pressure field at each of the 50 micro-
phones, to which is added a predetermined level of spatially
uncorrelated Gaussian noise, is computed. The exact inten-
sity field without noise, computed at each of the reconstruc-
tion points in the volume, is known analytically since the
point source is in a free field. This result is compared with
the reconstruction of the vector field from the pressure holo-
gram with added noise using Eqgs. (1)—(4) (spherical NAH)
and errors are determined. The level of random noise is set
by the SNR. The signal is defined as the rms pressure level
without noise “measured” by the 50 microphones and the
noise is the square root of the variance of the added noise.

A. Estimated errors for intensity vector
reconstruction and an a priori regularization scheme

The reconstruction error for the intensity vector is de-
fined by

£= ”iex(r) - inah(r)||2 ; (1 1)

”Iex(r)”Z

where [, is the exact intensity computed for a point source

and Iyag 1s the vector intensity reconstructed from the
pressure with noise at the microphones and ||*|, is the L2
norm over a specified volume.

Figure 2 shows the results for the intensity error in three
different reconstruction volumes defined by r<0.2, 0.2<r
=<0.3, and 0.3 <r=0.4, using an ensemble of numerical ex-
periments with Gaussian noise added to the microphones
with a SNR level of 25 dB. The plots represent the minimum
error determined by varying the values of N from 1 to 5; a
manual regularization approach that determines the optimum
filter. As with the pressure errors discussed earlier the error
increases with reconstruction radius as well as with fre-
quency. The fourth curve in the legend is for a 100 dB SNR
corresponding closely to a no noise case, for comparison to
Fig. 1. The two narrow peaks in the first legend curve arise
from the zeros of jy(ka) and j,(ka) at 857 and 1225 Hz,
respectively, that arise in the denominator of Egs. (1) and (2).
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FIG. 3. (Color online) Optimum regularization filter for a point source lo-
cated 1 m from the array center as a function of signal to noise ratio. The
first three legend curves shown in Fig. 2 used a regularization curve similar
to the curve with the square symbols (30 dB SNR).

To have a finite solution, the Fourier coefficients must be
zero for n=0 and n=1 at these frequencies, respectively. In
other words the solution of the Helmholtz equation for the
interior of a sphere is j,(kr)Y"'(6, ¢) which exhibits a node at
the problem frequencies. However, these Fourier coefficients
are nonzero due to noise in the measurement, so the solution
becomes infinite. This problem is eliminated by choosing an
optimum filter that excludes the n=0 term in a 10 Hz band
about the 857 Hz zero, and the n=1 term in a 10 Hz band
centered at 1225 Hz. Although this filtering eliminates non-
evanescent fields and increases the error as the figure shows,
a compromise must be struck to handle the indeterminacy of
the reconstruction problem at the zeros of the denominator.

This optimum filter (minimum error) that was used to
compute Fig. 2 is shown in Fig. 3 for three different values
of SNR. It is quite remarkable that the break points for the
values of N for the 30 dB curve are at 200, 400, and 600 Hz,
the same as determined for the plane wave source and the
pressure reconstruction presented in Fig. 1. This fact is im-
portant in justifying an a priori regularization filter that is
fixed for the experiments discussed in Sec. VI A, a modifi-
cation that speeds the processing of the VAIM and reflects
our aim at real-time applications.

Returning to Fig. 2 it is clear that the intensity errors
become very large in the outer reconstruction volume above
800 Hz. Although this might appear unacceptable (we will
see in the following what the intensity field looks like with
large error) it is important to consider a different view of the
reconstruction accuracy, the error in the angle of the intensity
vector. Errors in angle will be more misleading than ampli-
tude errors as to the location of a concentrated noise source
outside the array and conversely small angle errors will favor
source ID even in the face of large magnitude errors. Figure
4 shows the mean of the error in the angle between the re-
constructed intensity vector and the exact result for the same
three reconstruction volumes presented in Fig. 2. The error
angle a between the reconstructed and the exact vector was

computed using the dot product relation, cos(a@)=1,,
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FIG. 4. (Color online) Mean error in the angle of the reconstructed intensity
vector for a point source at 1 m and a SNR 30 dB. The average error is
calculated in the three reconstruction volumes indicated. The sudden jumps
in the curves occur when the value of N changes.

-iNAH/(|;ex||fNAH|). Note that o= 0. Comparisons were made
only for intensity vectors of magnitude within 1/10 of the
maximum magnitude as these are the vectors which are vis-
ible on a linear display. This figure shows the significant fact
that the error in direction of the reconstructed intensity vec-
tors in the volume is quite small.

B. Volumetric intensity reconstruction

Examples of the reconstructed intensity fields compared
with the exact results for a point source located on the y axis
1 m from the origin are shown in the next set of figures,
Figs. 5-7, or three different frequencies. The SNR is 25 dB
and the intensity is plotted in the volume r<0.4. In these
figures the cones point to the direction of the intensity vector,
and the length (and width) of the cone is proportional to the
linear magnitude of the intensity. The center of the base of
the cone is a point in a cubic lattice specifying the locations
of the intensity vectors. The lattice spacing in each direction
is 0.08 m. The 50 elements (small circles) of the measure-
ment sphere are superimposed in each plot for reference.
Results in Figs. 5-7 are for 250, 800, and 1150 Hz, respec-
tively, with the exact result on the right and the reconstructed
field on the left (plotted with the same scale). The essential

FIG. 5. (Color online) Output from the VAIM at 250 Hz and 25 dB SNR for
a point source at 1.0 m is shown on the left vs the exact field shown on the
right both plotted on the same scale. The intensity vectors are plotted on a
linear scale.
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FIG. 6. (Color online) Same as Fig. 5 except at 800 Hz.

conclusion drawn from these figures is that the direction of
the point source (located on axis at y=1.0) is correctly indi-
cated by the reconstructed field (left-hand plots) and the ac-
tual location can be found by the intersection of lines collin-
ear with the intensity vectors near the source. In comparing
to the exact result on the right panel of the figure note that
accompanying errors in the three main reconstruction vol-
umes r=<0.2, 0.2<r<03m, and 03<r=<04 m, were
given in Fig. 2. The large errors in the outer volume 0.3
<r=0.4 m at the two higher frequencies are evident in the
comparison if one concentrates on the vectors at the outer
reaches of the volume in Figs. 6 and 7. Note, however, the
mean angle error of the visible vectors in this volume (ac-
cording to 4) is less than 14° at 800 and 1150 Hz, so that
even with the large amplitude errors and field distortion in
the outer volume the direction and location of the point
source is still determined. Again we want to emphasize that
the errors at 800 and 1150 Hz arise from the base system
error, and are not related to the SNR. To diminish these er-
rors one must increase the number of microphones in the
array so that more spherical harmonics are included as dis-
cussed in Sec. III.

The level of noise in these simulations was preset. How-
ever, it is generally not known during physical experiments
and can be determined by the following procedure.lz’13 We
assume that the level of the evanescent waves with n=6
associated with the source has decayed beyond the noise
level (spatially uncorrelated) at the microphones. This decay
is given in the region kr<<nm by j,(kr)=(kr)"/(2n+1)!!, a
power-law decay toward the origin. Thus we compute the
standard deviation of the noise o using o= E[|P? [[1/\13 for
n=6 using the norm of the 13 harmonics m=-6,-5,...,6.
This method works faithfully for frequencies kr,,,, <6 or f
<819 Hz for r,,,=0.4. Above 800 Hz knowledge of the

FIG. 7. (Color online) Same as Fig. 5 except at 1150 Hz.
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noise level is unnecessary since the errors are dominated by
base system error, as discussed earlier.

The signals used in the above-noted simulations above
were simple deterministic pressure fields measured at the mi-
crophone locations. However, in practice stochastic signals
must be considered so that the VAIM can be used in field
experiments with complex noise sources. We deal with these
complex signals in the “front end” signal processing. This
front end provides for the construction of partial field holo-
grams using theory that has been developed over the past
15 years.

V. FRONT END SIGNAL PROCESSING

We summarize the front end theory briefly here and the
reader is directed to Refs. 14—19 for further information.
This theory is used to expand the modes of operation of the
VAIM. Although the VAIM can reconstruct intensity fields
without reference transducers, due to the instantaneous mea-
surement of the pressure data, and identify noise sources by
display of the directional intensity vectors radiated from
those sources, it is possible to further separate multiple noise
sources by using partial field decomposition techniques de-
scribed in Refs. 14—19. The partial field approach was devel-
oped by Hald"* and has since found a multitude of industrial
applications through the use of the spatial transfor-
mation of sound fields approach.

Assume M reference transducers recorded simulta-
neously and Fourier transformed to provide raw spectra rep-
resented by X(f)=(X,X,---X,,)" (¢ is transpose) along with
the 50 microphone raw spectra P(f)=(P,;P,--*Psy)". The
reference transducers are generally attached to candidate
(source) machines that are assumed to be random with
Gaussian statistics, although they are not necessarily incoher-
ent to one another.

The autospectral density of the ith microphone is given
in the usual way by an ensemble average E of the raw spec-
tra (using a long time series broken into shorter segments
that are Fourier transformed) of the measured pressure

Sy ) = ELP;(F)P(f)]. (12)

Similarly, the cross-spectral density column vector to the ith
microphone is given by

Sxpi = E[X * U)Pi(f)]y
and the reference cross-spectral matrix is
S = E[X *X'].

Partial field decomposition techniques all decompose the
autospectral density function of a microphone using an inner
product of a partial field column vector W; of length M,
W= (0 Wy W), that is, S, , =W[W+5, . the latter
term being the noise. A partial field matrix V¥ is formed from
these using W=(W W, --Wy;). The rows of ¥ form M par-
tial field holograms, each processed separately for recon-
struction of M volumetric intensity fields.

There are two standard procedures for partial field de-
compositions: (1) the Cholesky method that yields
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W, = (TH)"'S (13)

xp;*

where T (upper triangular matrix) results from the decompo-
sition

S =THT (14)

and (2) the principal component (SVD) method that results
in

\I'i=2‘,‘”2U”SXpi, (15)
where the singular value decomposition is given by
Sw=UZU" = Uz 232! (16)

where U is unitary and 2, is diagonal. It is important to note
that in our research we found that the Cholesky method gave
identical results to the signal conditioning approach provided
in Bendat and Piersol”” and in Ref. 21. A great deal of theory
is provided in Bendat’s book about the signal conditioning
approach which can then be directly applied to understand-
ing Cholesky decompositions.

One characteristic of the Cholesky method is that the
partial fields are dependent upon the order of the columns
and rows of Sxp.m Thus it is necessary to carry out some
preanalysis to set up the order of the references, choosing the
most significant reference at a particular frequency to form
the first row. We determine significance by choosing refer-
ences that have the largest coherence to the microphones,
computing the average coherence yz of the ith reference to

xX;p
the 50 microphones:
L
= — , 17
%2‘1"’ 50]':21 %z‘ipj (17)
= 2 H
where yzx[_pj—|Sxi,,j| / (SxixiSpj,,j) which allows us to rank the

references, x,,,X,, ..
for each frequency:

., Xy, with respect to average coherence

V> Ny >y (18)

Here x,, and x, are the references with the first and second
largest average coherence, respectively.

Given this ranking of references we reorder S,, and Sy,
(separate order for each frequency):

Suvin Sty 7 Se | P

. Sx?xm s Sx:nxk | 19
Sty Sux, 0 Su
XmP1 Sxml’z S"ml’so

. Sopy S 7 Se | 20)
S"kl’l S"kl’z Sxkl’so

so that the full reconstruction equation becomes
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W= (T7)'S,,. (21)

The rows of W*>39 form M separate holograms ranked in
order of importance, each of which can be used to recon-
struct the volumetric intensity at a given frequency by
replacing p..(a, 0;, ¢;,») in Eq. (4) with one of the rows
and computing the intensity vector Eq. (3) on a cubic
lattice, displaying the results as in Sec. IV.

Figures of merit. Finally we consider three important
measures that bracket the significance of the partial coher-
ence method for any particular experiment. The first is called
the partial (or virtual) coherence I‘?j and represents what
fraction of the signal energy S,,jp/ of the jth microphone is
taken up by the partial field related to the ith reference:

v |2
rsz—L| il (22)
‘ PiP;

This ratio must be less than or equal to one. A value of one
indicates that the ith reference accounts for all of the mea-
sured signal and that all other references do not participate
in the measured signal at the jth microphone (an unlikely
occurrence). The average over all the microphones is
12 w2
2 _ ij
=

— S
J=1 Cpp;

(23)

so that Fiz represents the fraction of the signal energy to all
the microphones in the array due to the ith reference. Note
that F?S 1. The final figure of merit is the total fraction of
all the signal energy received by the array that is repre-
sented by all the references used in the partial field de-
composition:

M
r2=>r12 (24)
i=1

For example, if this fraction I'? is equal to 0.6 we know that
60% of the signal energy received by the microphones has
been represented by the M partial field holograms. When this
number is low we might conclude that the reference set was
poorly chosen, and that the dominant acoustic sources have
been overlooked in the experiment. We will show examples
of these measures in the next section.

VI. EXPERIMENTAL APPLICATION

A 50 element spherical array was designed and con-
structed at the Naval Research Laboratory (NRL) and is
shown in Fig. 8 in our in-air laboratory on the left and in
flight on the right. The microphones were 1/8 in. diaphram
electrets and were amplitude calibrated at 248 Hz. The phase
response was not calibrated, but the 50 microphones were
preselected for uniformity, resulting in a total phase variation
of £2° at 500 Hz. A light metal frame held the microphones
in their positions that were determined by the quadrature
algorithm, described earlier. The tips of the microphones
formed a spherical array of radius 0.2 m and the signal
cables were run down the vertical support rod shown in the
figure. One aim of the design was for acoustic transparency.
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FIG. 8. (Color online) NRL 50 element spherical array in NRL test facility
(left) and in flight inside the 757 aircraft (right) shown behind a conformal
array (not discussed in this paper) with horizontal beams of elements in
front of a fuselage window.

Initial experiments on a loudspeaker source in NRL’s in-air
facility were successful, but are not reported on here for the
sake of brevity.

The picture on the right in Fig. 8 shows the array in the
NASA Aries Boeing 757-200 airplane which is dedicated to
flight test operations for the NASA Langley Research Center.
The data set we report on here is a small subset of a much
larger recent experiment using this aircraft.”? In this experi-
ment most of the seats in the aircraft were removed as well
as the trim panels and insulation in four adjacent window
sections as shown on the right in the figure. Also shown, but
not reported on here, is a conformal nearly planar array of
microphones located between the spherical array and the fu-
selage panel. The aircraft was flown at a tightly controlled
altitude of 30 000 ft and speed of 0.8 M. Most of the bare
panels and windows were monitored with accelerometers (a
total of 31) placed at their centers and extra microphones (a
total of 8) were dispersed throughout the aircraft interior. All
of these monitors served as possible references for the VAIM
as well as monitors of the physics of the vibration/radiation
mechanics. All of the transducer channels were sampled si-
multaneously at 12 000 samples/s and recorded digitally on
tape for processing in the laboratory. To provide a known
source in the cabin Jacob Klos at NASA®* created a point
source using a long tube coupled to a loudspeaker as shown
in Fig. 9. The outlet of the tube was at the center of the
window, a few centimeters from its surface. The loudspeaker
(shown in the figure on the right) was driven by a pseudo-
random signal. This provided a guaranteed incoherent source
to compare with the flow noise excited panels also radiating
into the interior, and thus is a test of the front-end signal
processing that should be able to separate multiple incoher-
ent sources. We will show in the following the first three
partial field holograms (rows of W) and volumetric intensity
maps produced by our procedure at selected frequencies for
this experiment. A second experiment was done with the
point source turned off, and again partial field holograms and
volumetric intensity maps were determined and compared
with the first experiment. The objectives here were (1) to
show that VAIM successfully identified the point source and
the flow-noise induced panel source and (2) to show that the
extraction of the flow-noise induced source was unique (un-
changed with or without the point source).
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FIG. 9. (Color online) Acoustic point source installed inside the 757 cabin.
The end of the vertical tube simulating a point source radiates sound near
the center of the window (somewhat obscured by the conformal array). The
tube is excited by a loudspeaker resting on the floor of the cabin that is
coupled to the other end of the tube (shown on right). Red dots mark the
position of two reference accelerometers.

A. Partial field holograms and intensity fields
for point and flow noise sources

The 31 accelerometer references and the loudspeaker
drive voltage (a pseudorandom bandpass signal between 500
and 1500 Hz) were all used as the reference set (M=32) to
form the auto and cross-spectral density functions of Egs.
(19) and (20). A set of ensembles [estimates of X,,(f) and
P,(f)] was created consisted of 1200 nonoverlapping seg-
ments of the time record, each containing 1920 points and
Fourier transformed to provide frequency domain data. This
was carried out for each microphone and each reference.
Since the sample rate was 12 kHz, the total record was
192 s. The average coherence Eq. (17) was then computed
from these spectra and the references were ordered as to
importance using Eq. (18). This was carried out at each fre-
quency (6.25 Hz bins) in the band of interest (500
—-1400 Hz).

For brevity we present the results at a single frequency
bin and note that the results are typical. The autospectral
density of the accelerometer on the center of one of the pan-
els below the window (dot marked No. 17 in Fig. 9) showed
a maximum in response at 732 Hz indicating a resonance of
the panel excited by flow noise. At this frequency the first
three partial holograms [the three top rows of the matrix in
Eq. (21)] were constructed using the Cholesky method from
Eqgs (20), (19), (14), and (21). Each of the partial holograms
were then processed into volumetric intensity fields which
we now describe.

Each partial field, a row of Eq. (21), replacing p.. in Eq.
(5), is integrated by Lebedev quadrature to determine the

Fourier coefficients. These coefficients f’,‘fm determined up to
n<35 are used to compute the components of the pressure
and vector intensity given by Egs. (1) and (2) leading to Eq.
(3). Computations are repeated at a set of field points on an
equal spaced cubic reconstruction grid with lattice size of
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FIG. 10. (Color online) Point source on: 732 Hz first partial field. The first
partial field contained 59% of the total signal energy according to Eq. (23).
The total acoustic energy in vector field shown was 9.91 ulJ.

8 cm. This Cartesian grid proved to be most effective at dis-
play of the intensity vector. The intensity computations are
limited to within the sphere of radius 0.4 m, due to the high
frequency errors outside this volume (see Fig. 2). The cutoff
N for the series was determined by the regularization scheme
described earlier, and in this case was N=5 (the maximum
allowed) for each of the three partial fields.

The result for the reconstruction of the intensity vector
at 732 Hz in the described volume for the first partial field is
shown in Fig. 10. Two views of the volumetric field are
shown and the square grey patch is a cartoon showing the
location of the fuselage window (recall that the point source
was at the center of this window). The dominant reference x,,
[using Eq. (18)] turned out not surprisingly to be the drive
voltage for the loudspeaker. Clearly the location of the real
source is uncovered by the intensity display, hopefully a con-
vincing demonstration of the success of the approach. The
reference x,, related to the second partial field was the accel-
erometer shown in Fig. 9 (No. 17) located on the resonant
panel below the window. This result is shown in Fig. 11.
Although the exact location of the resonant panel source (lo-
cated 0.9 m from the sphere center) is not clearly identifi-
able, the flow of the intensity clearly indicates a source be-
low the window. Interestingly, the intensity flow diffracts
along a path that is tangential to the fuselage surface. (Note
we will show in the following that the same diffraction arises
when the point source is turned off.) Finally, the third partial
field is shown in Fig. 12, which is correlated to accelerom-

FIG. 11. (Color online) Point source on: 732 Hz second partial field. The
second partial field contained 18% of the total signal energy according to
Eq. (23). The total acoustic energy in vector field shown was 2.21 uJ.
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FIG. 12. (Color online) Point source on: 732 Hz second partial field. The
second partial field contained 6% of the total signal energy. The total acous-
tic energy in vector field shown was 0.70 ulJ.

eter No. 28 located at the center of the panel directly to the
left of the resonant panel described earlier. This panel, iden-
tical in shape, was also resonant at 732 Hz, and the results
for the volumetric intensity for this partial field are shown in
Fig. 12. Note that the intensity appears to now come from the
bottom left, that is, from the direction of the resonant panel,
although possibly interrupted by the king frame that is lo-
cated in between. The total amount of signal “energy” rep-
resented by the first three partial fields, given by Eq. (24)
with M =3, was 84% indicating that only 16% of the total
signal energy was unaccounted for.

Discussion. The reference (electrical drive) for the first
partial field is incoherent (y?=~0.003) to each of the two
accelerometers (Nos. 17 and 26 in Fig. 9) and the Cholesky
method works well to provide a unique decomposition and a
separation of the incoherent fields. As long as the references
are incoherent, the extraction is straightforward and success-
ful as previous research has shown'*'®. The difficultly here
comes with a set of accelerometer references that respond to
flow noise that in itself has some spatial coherence, and thus
the individual panels on the fuselage section are somewhat
coherent to one another. After the point source is removed,
there are no incoherent sources left, since the various aircraft
panels are weakly coupled. However, the Cholesky method
forces incoherence (albeit artificial) here. That is, in view of
the fact that the Cholesky method is identical to the signal
conditioning approach20 we can understand the Cholesky
method as one that extracts the uncorrelated components of
the reference signals in successive partial fields. In our case
one can view the third partial field as an extraction out of the
first two partial fields by creating a signal that is orthogonal
or incoherent to them and in the process of doing this creates
a volumetric intensity field that appears to come from the
panel to the left. The raw accelerometer signals themselves
are correlated to each other, in our case with a coherence of
0.33. This orthogonalization is somewhat artificial as it de-
pends on the order of the references chosen before the
Cholesky decomposition is carried out. We have chosen to
order based on descending average coherences using Eq.
(18) but other ordering methods may be used. In other
words, when correlated references exist in the reference set,
one is not guaranteed a one to one relationship between the
partial field vector intensity and the orthogonalized refer-
ence. The intensity field may appear to come from one of the
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FIG. 13. (Color online) Point source is turned off. Result for the first partial
field at 732 Hz. This field contained 45% of the total signal energy. The total
energy in vector field shown was 2.53 uJ.

other closely correlated references, instead. However, this is
not the case if the references are uncorrelated and the order
of the references will not change the results.

B. Repeat experiment with point source turned off

The experiment described in Sec. VI A was repeated
about 20 min later with the acoustic point source turned off,
and the results were computed in the same frequency bin for
comparison. An effort was made to keep the aircraft speed
and altitude unchanged. The resulting first partial field is
shown in Fig. 13 and the maximum coherence to the micro-
phones determined by Eq. (18) was accelerometer No. 17,
the same reference found for the second partial field when
the source was on, in the previous experiment. A close com-
parison to Fig. 11 reveals an important result. The flow fields
are identical. This gives creditability to the conclusion that
the vector field for the point source was accurately separated
from the other incoherent sources in the previous experi-
ment. Furthermore, this agreement shows the robustness of
the approach.

Finally we present the results for the second partial field
when the source is off, shown in Fig. 14. The reference as-
sociated with the field was accelerometer No. 28, and a direct
comparison with the previous result Fig. 11, also correlated
to the same accelerometer, can be made. Again a remarkable
result occurs—the intensity vector fields are nearly identical,
again showing an intensity field that appears to emanate from
an area near the reference accelerometer (see Fig. 9) on the

FIG. 14. (Color online) Point source is turned off. Result for the second
partial field at 732 Hz. This field contained 18% of the total signal energy.
The total energy in vector field shown was 0.81 ulJ.
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panel to the left. Again the robustness of the field extraction
approach is demonstrated, even in the face of the coherence
in the vibration between the two panels involved.

We have shown only 2 of the 32 partial fields computed.
The remaining partial fields represent a small fraction of the
total signal energy with less than 2.5% each, and appear to
be nearly buried in the noise.

VIl. CONCLUSIONS

The work presented here is a small fraction of the theory
and development of the VAIM, and future papers will discuss
more details such as SVD partial field decomposition results,
use of self-referencing to a set of microphones in the array
without external references and 1/3 octave band results as
well as new generation designs of the array. The aim in the
design and the algorithm behind the intensity computations
is for real time display, so that the system would provide
nearly instantaneous results when used with a laptop in the
field. With this the VAIM can scan a large space making
volumetric reconstructions on the fly. We believe that this
will provide an invaluable tool for source identification both
in air and underwater.
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An internal streaming instability in regenerators
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Various oscillating-wave thermodynamic devices, including orifice and feedback pulse tube
refrigerators, thermoacoustic-Stirling hybrid engines, cascaded thermoacoustic engines, and
traditional Stirling engines and refrigerators, utilize regenerators to amplify acoustic power
(engines) or to pump heat acoustically up a temperature gradient (refrigerators). As such a
regenerator is scaled to higher power or operated at lower temperatures, the thermal and
hydrodynamic communication transverse to the acoustic axis decreases, allowing for the possibility
of an internal acoustic streaming instability with regions of counterflowing streaming that carry
significant heat leak down the temperature gradient. The instability is driven by the nonlinear flow
resistance of the regenerator, which results in different hydrodynamic flow resistances encountered
by the oscillating flow and the streaming flow. The instability is inhibited by several other
mechanisms, including acoustically transported enthalpy flux and axial and transverse thermal
conduction in the regenerator solid matrix. A calculation of the stability limit caused by these effects
reveals that engines are immune to a streaming instability while, under some conditions,
refrigerators can exhibit an instability. The calculation is compared to experimental data obtained
with a specially built orifice pulse tube refrigerator whose regenerator contains many thermocouples
to detect a departure from transverse temperature uniformity. © 2006 Acoustical Society of America.

[DOL: 10.1121/1.2259776]
PACS number(s): 43.25.Nm, 43.35.Ud [RR]

I. INTRODUCTION

The regenerator1 is a critical component of many
oscillating-wave thermodynamic devices including orifice’
and feedback’ pulse tube refrigerators, thermoacoustic-
Stirling hybrid engines,“f6 cascade thermoacoustic engines,7
and traditional Stirling engines and refrigerators.8 In combi-
nation with the temperature gradient, the regenerator ampli-
fies acoustic power in engines and it allows the acoustic
wave to pump heat in refrigerators.

To analyze regenerators, researchers have generally as-
sumed one-dimensional behavior, i.e., that everything is in-
dependent of transverse coordinates y and z but depends only
on the axial position x. However, awareness is growing that
nontrivial multidimensional behavior and an associated pen-
alty in performance can occur in the regenerators of pulse-
tube and Stirling cryocoolers. Such multidimensional behav-
ior has been described for transverse variation in the
hydraulic radius of regenerators9 and for three identical re-
generators operated in patrallel.10

Most regenerators are made of stacked screen or other
tortuous porous media whose nonlinear flow resistance gen-
erates a complicated interaction between the oscillating and
steady flows. The result is that the oscillating and steady
flows encounter different flow resistances which depend on
temperature in different ways. A small spatial perturbation in
the mean temperature transverse to the acoustic axis leads to
different flow resistances for the oscillating and streaming
flows in different regions of the regenerator, resulting in a
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small circulating streaming flow, as illustrated in Fig. 1.
Whether the streaming flow acts to amplify or suppress the
original perturbation depends on many variables, including
the direction of the streaming flow and the temperatures of
the heat exchangers at the two ends of the regenerator. The
original perturbation might be amplified by this effect if 7,
< T, and suppressed if T,,> T, where T, is ambient tempera-
ture and T, is the working temperature (i.e., the hot tempera-
ture for an engine and the cold temperature for a refrigera-
tor). Even if the resulting streaming acts to amplify the
original perturbation, other effects, such as thermal conduc-
tion or acoustic enthalpy transport, will attempt to suppress
it.

As such an engine or refrigerator is scaled to higher
power, the cross-sectional area of its regenerator must in-
crease proportionally to keep its design near a thermody-
namic optimum, but its length remains approximately con-
stant. At some point, the transverse thermal and
hydrodynamic communication within the regenerator be-
comes so weak that it cannot counteract the streaming caused
by a transverse mean-temperature perturbation, and an insta-
bility may arise. Whether or not this occurs depends on the
balance among all these effects. If an instability does occur,
the streaming flow carries additional energy flux down the
temperature gradient, resulting in reduced efficiency in the
engine or refrigerator.

Using a linear stability analysis, we add to a streaming-
free solution a perturbation that grows or decays exponen-
tially in time. By comparing different terms that either drive
or inhibit the instability, we show when the combination of
these mechanisms results in instability, i.e., an exponentially

© 2006 Acoustical Society of America



Circulating streaming flow

Heat exchanger
T LALLCIT ey,
Regenerator lT“‘-AT(x,x) Tm+AT(x®I
Heat exchanger [T TTTTTTTTTTTITTITTTTT|*®
(T ~—

y=0 Y Yo

FIG. 1. Schematic drawing of an internal streaming flow in a regenerator.
The x axis is the acoustic direction, and the y axis is the long transverse
dimension. The extent of the regenerator along the z axis (not shown) is
assumed to be small enough so that the acoustic and streaming flows are
uniform in that direction. The arrows represent steady streaming flows in-
duced by a small left-right temperature difference.

growing perturbation. The instability is experimentally in-
vestigated using a specially designed and heavily instru-
mented orifice pulse tube refrigerator. Thermocouples placed
inside the refrigerator’s regenerator detect the presence of
streaming through measurements of the mean temperature
distribution. When the acoustic power flux is high and the
total energy flux and cold-end temperature are low, a mean
temperature variation about the axial midplane of the regen-
erator is detected, indicating the presence of a streaming in-
stability. The values of the acoustic power flux, total energy
flux, and cold-end temperature at the threshold of instability
are found to be in only qualitative agreement with theory.

Il. THEORY

To search for an internal streaming instability analyti-
cally, we will combine a thermoacoustic analysisll through
second order in the acoustic amplitude with a linear pertur-
bation analysis.12 Carrying the thermoacoustic analysis to
second order includes the lowest-order, time-averaged en-
ergy and mass-flux effects, which can interact in the pertur-
bation analysis to produce exponential growth of both. A
similar approach was taken in an investigation of a related
instability.13 First, a simplified model of the acoustics in the
regenerator is used to establish relationships among
streaming-free first-order variables. Then the important
second-order streaming-free quantities—the time-averaged
energy flux and the second-order velocity—are derived from
the first-order quantities. Thus far, all variables depend on
the axial coordinate in the regenerator but are independent of
transverse coordinates. Then, a perturbation is added to the
solution that depends on the transverse coordinates, and the
analysis shows that it can either grow or decay exponentially
with time, depending on the competition among a number of
stabilizing and destabilizing effects. To make the mathemat-
ics as simple as possible, we make a number of restrictive
and potentially unrealistic assumptions. We neglect any time-
phase difference between first-order pressure and first-order
velocity throughout the regenerator. We assume that the ve-
locity perturbation is nonzero only parallel to the acoustic
axis. We neglect oscillations at any frequency but the funda-
mental. We arbitrarily choose a mathematically simple func-
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tional form for the axial spatial dependence of the perturba-
tion. We hope that some or all of these restrictive
assumptions can be avoided in future work.

A. Streaming-free solution

Using a variation on the usual acoustic expansion and
. . . 11 . .
time-harmonic notation, = the streaming-free solution can be
written

p(x,1) = p,, + pir(x)cos ot — py(x)sin wt + pa(x)

+ Poar(X)cos 2wt — pyyy(x)sin 2wt + -+, (1)

u(x,1) = u; g(x)cos wr — uy;(x)sin wt + uy(x)

+ MZZR(X)COS 2wt — M22](X)Sin 2wt+ -+ . (2)

T(x,1) = T,,(x) + T g(x)cos wt — T (x)sin wf + Tr(x)
+ Tyop(x)cos 2wt — Toyy(x)sin 2wt + -+, (3)

where p,u, and T are the working-gas pressure, x component
of velocity, and temperature, respectively. Here and through-
out this paper, variables with the  subscript
m,1R,11,22R 221, or 20 are real. The fundamental angular
frequency of the oscillation is w, ¢ is time, and x is the
coordinate along the axis of the regenerator, with x=0 at the
ambient face and x=x, at the working-temperature face.
Variables describing the gas, such as u;g(x) and Tg(x), rep-
resent local spatial averages over small volumes of gas in-
cluding many pores, not microscopic values needed to de-
scribe spatial dependencies within the tortuous geometry of a
single pore. However, the time-averaged energy-flux density

h, which describes energy flux through both the gas and
solid, is a local spatial average over a small volume of both
gas and solid including many pores. Thus, if A is the regen-
erator’s cross-sectional area and ¢ is its volume porosity, the
total volume flow rate is ¢Au and the total energy flux is

Ah,.

The representation in Egs. (1) through (3) is equivalent
to the usual complex notation

p(x,1) = p,, + Re[p;(x)e™ ]+ py(x) + Re[pyy(x)e**']
b “

u(x,1) = Re[m(x)eiw’] + 1po(x) + Re[uzz(x)eizwt] + 0,

(5)

T(x,1) = T,,(x) + Re[ Ty (x)€'” + Toy(x) + Re[ Top(x)e>']
P ©)

with, e.g., p;(x)=pr(x)+ip;;(x) and with variables having
subscript 1 or 22 being complex. At each step in the calcu-
lation, the choice of notation will be determined by conve-
nience.

Using the notation in Egs. (4)—(6), the continuity equa-
tic])n expanded to first order and averaged over the small scale
is
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du, 1 dT, '
Sy =R (7)
dx T, dx

Pm

In effective regenerators, the excellent thermal contact be-
tween the working gas and the regenerator solid renders the
density oscillations nearly isothermal, so that p;
=(p/pm)p;- If the gas volume in the regenerator is small
enough that its compressibility can be ignored, the p; term
on the right-hand side (RHS) of Eq. (7) can be neglected, so
that
T(x)

uy(x) = u;(0) T (8)

a

The subscripts @ and w refer to mean variables evaluated at
the ambient end x=0 and the working end x=ux,, of the re-
generator, respectively. Without loss of generality, the phase
of u;(0) can be chosen so that

T,,(x)

up(x) = u£(0) >0, )

a

u(x)=0. (10)

Under typical operating conditions, p; and u; at x=0 are
nearly in phase so that

pir(x) >0, (11)

P1(x)=0. (12)

In general, the second-order mass-flux density is given
by

1zo = Re[pyui )2 + pyitrg = —7piritig + Pt (13)
pm
where the superscript * stands for complex conjugation. We
have again assumed that the density oscillations are nearly
isothermal. In the streaming-free state ni,,=0, and if the
typically small variation in p;y through the regenerator is
ignored, u,, can be expressed
up(x T, (x
uz()(x) - _ P1r lR( ) - Mzo(o) m( )’ (14)
2P T,
showing that u, and u,, have approximately the same spa-
tial dependence.
If the perimeter of the regenerator is well insulated, the

time-averaged second-order energy-flux density fzz’x is inde-
pendent of both x and ¢ in the streaming-free steady state,
indicating there is no buildup of energy inside the

regenerator.“ A perfect regenerator would have hz,xzo, and

in realistic regenerators hz’x is small—much smaller than the
acoustic intensity. The small 7 that is neglected above in the
analysis of u;(x) contributes significantly to this small

energy-flux density and cannot be neglected in I;l2,x‘

B. Perturbed solution

An exponentially growing or decaying perturbation is
added to the streaming-free solution derived in the previous
section, so that the complete solution is of the form
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p(X,y,1) = P, + P1rEOS Wt + pao(x)

+[p1r(x.y)cos wf = Opy(x,y)sin wi + Spa(x.y)Je,

(15)
u(x,y,1) = uyp(x)cos wt + uyg(x) + urgr(x)cos(2wt)
— Uy (x)sin(2wr)
+ [ 1y g(x,y)cos wf — Suy (x,y)sin wt + Suyy(x,y)
+ Surp(x)cos(2wt) — Supy (x)sin(2wt) e, (16)
T(x,y,1) = T,,(x) + 6T, (x,y)e + T x(x,y)cos wt
— T, ,(x,y)sin wt
+ [T g(x,y)cos wt — 6Ty (x,y)sin wt]e, (17)
p(x,y,t) = similar to T, (18)
ho(x,3,1) = hy o+ S, (x,y)e (19)
hy(x,y,t) = 5hy(x,y)e“, (20)

where we only allow variation in one of the coordinates
transverse to the acoustic axis, i.e., y and we have carried the
expansions only as far as the terms that we will discuss later.
In this calculation, we have in mind a regenerator with one
long (y) and one short (z) transverse dimension such that
variations in temperature due to a perturbation are more
likely to take hold in the long dimension. The perturbation
includes both oscillating and nonoscillating terms. The oscil-
lating perturbations are assumed to have the same frequency
as the corresponding terms in the streaming-free solution and
amplitudes that change slowly, but exponentially, in time
compared to the acoustic period, i.e., |€| < w. This two-time-
scale approach allows the explicit separation of the slow
change of the instability from the rapid acoustic oscillations.
Nonoscillating terms also change exponentially in time with
the same time constant as the amplitudes of the oscillating
terms. We assume Jw is zero. For a refrigerator this can be
regarded as a simple consequence of how the system is
driven, e.g., by a linear motor at fixed frequency. For a
thermoacoustic-Stirling hybrid engine, cascaded thermoa-
coustic engine, or Stirling engine, one can similarly assume
that the complex load impedance is deliberately varied to
keep w fixed.

Substituting the full solution of Egs. (15)—(20) into the
continuity equation, expanding to first order in the perturba-
tion, taking &p;=0 for the reasons described below Eq. (7),
utilizing the results of Eq. (8), and recalling that we are ne-
glecting transverse flow, we find

dou, 1 dT,
dx T, dx

ul(o) |: daTm Wm dTm
U, = I ——

— - } (21
T, dx T, dx

The solution to this differential equation for du, is given by
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it =0 2 O ). )
T, T,

where the boundary condition 6T,,(0,y)=0 has been used.
This boundary condition implies that the heat transfer pro-
vided by the heat exchanger at x=0 is sufficient to hold the
temperature perturbation at zero at the heat exchanger de-
spite the streaming. (Later, we will use the same condition at
X =xw-)

Equation (22) can be broken up into real and imaginary
parts

Ol (x,
) = 3000 2 0725
Suyy(x,y) = duy(0,y) T,;fx) . (24)

a

To determine Su;gx(0,y) and Su;,(0,y) in Egs. (23) and (24),
we must consider the first-order Navier-Stokes equation. The
full solution given in Egs. (15) through (17) is substituted
into the spatially averaged Navier-Stokes equation for
screens,' and the result is expanded to first order in the
perturbation for all terms (dropping terms that are obviously
of zero order in the perturbation). Additionally, the linear
term is expanded to acoustic first order, and the nonlinear
term is expanded to acoustic second order. This intermediate
result is

d .
- &—[6p1Rcos wt — 8pysin wt]
X

Cq .
= ?[,umﬁumcos of — W, Ol SIN WF + Sl | gCOS Wi ]
r
h
Cy .
+ 2—pm[uchos ot + Sy gCOS Wt — Suysin wt]|u, gcos wt
T

. )
+ SugCOS Wt — SuuySin wt| + 2—5pmu%Rcos wt|cos wt
Ty

E}

(25)

where ¢; and ¢, parametrize the regenerator flow
resistance, ry, is the hydraulic radius,"* and M is the gas
viscosity. The presence of the absolute value sign in the non-
linear term complicates the expansion by forcing the tempo-
rary retention of certain terms that may appear to be of
higher order than we later keep. To isolate dp,z or dp,;, Eq.
(25) is multiplied by (cos wt)/ 7 or (sin wt)/7 and inte-
grated with respect to wt from O to 2, being careful to
split the integration into two at the zero crossings of the
terms inside the absolute value signs. To lowest order in
ouy;, the result for opy; is

a9 T,\" 4
ot Jem(B) te
ax 8r, \ T, 37y,

T,(x)

X 5’411(0»)’)a (26)

a

where b accounts for the temperature dependence of viscos-
ity via w(T)=pu,(T/T,)". Assuming that the spaces at the
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ends of the regenerator are open enough so that dp;; and
Oopir cannot have any y dependence at x=0 or x,, i.e.,
p11(0,y)=p,(x,,,y)=0, the integral of Eq. (26) from 0 to
x,, must be zero. The terms inside of the square brackets are
always positive, and therefore du;;(0,y)=0 and &u,,(x,y)
=0. This result, combined with the assumption that
6p1,(0,y)=0 and Eq. (26), shows that &p,;(x,y)=0.

With the perturbation greatly simplified by the conclu-
sion that du;,(x,y)=0, p;p is isolated from Eq. (25) yielding

8r2 96 T, \'* T
——hﬂ=5um(0)|:<l) +2r —
C1lq ox Ta Ta

o7, T, \"
+—"u RO (1+b)| =] +T 27
T, 1&( )[( )<Ta) ] (27)
to lowest order in dug, where I'=8¢,Ny ,/37c; and Ny, is
the Reynolds number Np=4p,,uzr,/ 1, evaluated at the am-
bient end of the regenerator. Next, Eq. (27) is integrated with
respect to x from O to x,, under the following assumptions:

5P1R(O’Y) = 6p1R(xw’y) =07 (28)
Tm(-x) = Ta + (Tw - Ta)X/xw’ (29)
Mm(xsy)/Ta =f(y)Sin(7TX/xw)’ (30)

where f(y) is a yet unknown function of y. Equation (28) is
again a statement that the space at the ends of the regenerator
is open enough so that it cannot support a transverse pressure
gradient. Equation (29) approximates the streaming-free
mean temperature profile as linear. The selection of the sinu-
soidal behavior of AT,, in Eq. (30) is not based on a rigorous
solution of the governing equations. Instead, this particular
functional form simplifies the computation, provides a close
representation of the experimentally measured mean tem-
perature deviation when nonzero acoustic streaming is
present,15 and satisfies the boundary conditions &T,,(0,y)
=6T,,(x,,,y)=0. The result of integrating Eq. (27) from x
=0 to x=x,, is

5”11?(0,)’) =
_f(}’)ulR(O) 2I' + B(7,b) (31)
(PP DN(r-Db+2)]+(r+ DI’
where 7=T,,/T, and
B(r,b) = (1 +b)r[1 + (7= 1)z/7]sin z dz. (32)
0

This result combined with Eq. (23) and the assumed form of
OT,,(x,y) given in Eq. (30) gives a complete solution for
Ou;g(x,y) in terms of the streaming-free variables and the
unknown function f(y).

Next, we consider the streaming-velocity perturbation
Suyp(x,y) by investigating the second-order, time-average
mass-flux density perturbation dni,,. In contrast to riy, it is
not obvious from the outset that &n, is a constant through-
out the regenerator. Considering only dni,,, conservation of
energy to linear order in the perturbation yields
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(T, i)

ox (33)

(1 - (ﬁ)pSCSG(STm == ¢Cp
where the heat capacity of the gas ¢p,,c, has been ignored
relative to the heat capacity of the regenerator screen (1
—@)p,c,. As the local mean temperature of the regenerator
changes in time, the local gas density will also change, i.e.,
€dT,,~—¢€T,,6p,,/ p,,- Conservation of mass at linear order in
the perturbation requires that the change in local density is
fulfilled by a gradient in iy

Pe (34)

— €op,, =
Combining Egs. (33) and (34) and the discussion in between
yields

1 96y,

5}1'120 ox

=—8L% (1+e¢), (35)
T, ox
where = ¢p,,c,/(1-d)p,c,. In efficient regenerators, e <1,
and therefore, the change in dim,, with x from one side of
the regenerator to the other is small.
Using Eq. (13) as the general definition of 71,,, and with
=0 in the steady state, one expression for iy is

. Pm ou ou
5m20=2_P1RM1R[ 1R__20:|’ (36)

m IR Upg

where the 8p z/p 1z term has been ignored because Egs. (27),
(30), and (31) show that it is smaller than the other two terms
by a factor [p;(0)—p;r(x,)]/pir(0). Recognizing that Sy,
and the prefactor on the RHS of Eq. (36) are approxi-
mately independent of x, and using Eqgs. (8) and (22), it
can be shown that

Ouno(x,y) _ Our(0,y) 6T, (x,y)
Uno(x) U50(0) T,,(x)

To complete the solution for Suy(x,y), its value at x
=0 still needs to be determined from the second-order, time-
averaged Navier-Stokes equation. We begin by substituting
the full solution from Egs. (15)-(17), but with Ju;;=0 and
dp1;=0 as established above, into the time-dependent, spa-
tially averaged Navier-Stokes equation for screens,* expand-
ing to first order in the perturbation, expanding the linear
term to second order in the acoustic amplitude and the non-
linear term to third order, and time averaging. An intermedi-
ate result is

(37)

a4 S50 oT,
_ 99D _ C1Mm2uzo[ 120(0) +(1+b) 22
ox 8r;, u0(0) T,
402NR<35“20(0) Ju(0) . T,
37TC1 leo(o) ulR(O) Tm
26
_2%Pi1r plus u,, and Suy, terms)} (38)
Pir

For the reason given below Eq. (36), the Sp,g/pixr can be
dropped. However, the terms proportional to u,, and Jdu,,
are more problematic. By assuming the density oscilla-
tions at 2w are still isothermal, it can be, shown that
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Uy (x) =1 (0)[T,,/ T,], but u5,(0) is still undetermined. In
an orifice pulse tube refrigerator (OPTR), adjustments to
the driving piston’s motion could be made to force
P»(0)=pyn(x,), but, this may not ensure that u,,(0) is ac-
tually zero because the nonlinearities in the regenerator, at
interfaces between components, and due to finite motion
of the piston itself are continually generating 2w terms
throughout the system. Without knowledge of u,,, there is
no way to calculate du,,. The only way to close the equa-
tions without introducing a whole host of additional equa-
tions that address these nonlinearities is to simply drop the
Uy, and Ouys.

To extract Su,y(0), Eq. (38) is integrated from x=0 to
X,,- Assuming that the spaces at the two ends of the regen-
erator are open enough to disallow a transverse pressure gra-
dient, the integral of the LHS of Eq. (38) is zero. Using Egs.
(14) and (29)—(31), and the temperature dependence of u,,,
the result of integrating Eq. (38) is

i F()ur(0)/ 7
(P2 = DI[(b+2)(7-1)]+3(r+ DI/4
{ T(7+ D[2T + B(7,b) /4
(P2=DIb+2)(r= D+ (r+ DT

ditny(0) =

+ B(7,b) +F]. (39)

Equations (14), (29), (30), (37), and (39) provide a full so-
lution for Suyg(x,y).

With solutions for du; and du,q in hand, the calculation
can proceed to the energy equation, which reveals the origin
of the instability. Simplified for the two-dimensional geom-
etry considered here, the energy equation is given by

bpe, } dh,  h,

T|=——-—", (40)

J
(1 - ¢)pscs_|: Ix Ay

al (1= @)pyc,
where T,c,, and p, are the temperature, heat capacity, and
density of the regenerator solid matrix, respectively. In good
regenerators, ¢pc,/(1-¢)p,c,< 1 so the second term in the
square brackets can be safely ignored. On the slow time scale
of the initial growth of the perturbation, the heat transfer
between the regenerator solid and the gas is adequate to en-
sure d7T,/dt= €6T,,. Using these approximations, substituting
the full solution into Eq. (40), and expanding to first order in
the perturbation yields

aoh, IS, 1)
ox dy

(1 - (;b)pscsE(STm ==

Since we have assumed there are no acoustic or stream-
ing flows in the y direction, the energy flux perturbation
along y can be written

aSh > 4T, &
— =—k,——" =—kT,sin(mx/x,) f(;} ) . (42)
dy dy dy

Here, k, is the effective thermal conductivity of the regen-
erator solid in the y direction, which is much lower than the
thermal conductivity of the regenerator solid &, for three rea-
sons. First, the screen wires do not fill up the entire cross-
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sectional area of the screen. Second, the length of a piece of
wire between two points is longer than the distance between
the points due to the sine-wavelike bending of the wire as it
passes over and under the wires running in the perpendicular
direction. Third, the wires are not all aligned with the direc-
tion of heat flow. Taking all of these effects into account, k,
is given by

_1-9
k= 2K(¢)k” (43)
where
2 /2
K(¢p)=— f VI +4(1 - ¢)sin’ z dz. (44)
m™Jo

Applying the simplifications mentioned above, substituting
Eqgs. (30) and (42) into Eq. (41) and integrating from x=0 to
x,, yields an expression for the growth rate €

T [5hx(0) - 5]/.lx(xw)]

d*f(y)
(1= P)pycsf(y)e= o T, +k, ;yzy -

(45)

To complete the calculation, we only need to express &/,(0)

and &h,(x,) in terms of 67, i.e., in terms of T,f(y).
The streaming-free solution for the energy flux along x

is given by h,={fi.c T) k,dT/ dx, where k, is the effective
conductivity of the screen in the x direction. 1416 Here, we
have been forced to deviate from our original variable defi-

nitions by the form of the expression for h. Variables with a
tilde are microscopically Varying14 and (...) indicates a local
spatial average including a reasonable number of pores. Time
averaging, expanding to linear order in the perturbation, and
realizing that we only need the energy flux at x=0 or x,,
yields

hy = it ge(TiR)z, J2 = ke O T, 0% = Do+ Iy (46)

S 5M1R+<6f1R>E|R i {&STme}
Uig <T1R>'7|R aT,,/dx
+ §m20Cme. (47)

We have again deviated somewhat from our original defini-
tions of 7, and ST, by working with velocity-weighted
averages,'* such as <7~‘1R>51R:<7~"]RL71R>/<L71R>, instead of

simple spatial averages. In the derivation of Eq. (47), we
have assumed (T, R)gum:(ﬁ R)i, > this seems plausible since

both i1} and 5141 r flow through the same regenerator matrix
and should experience similar small-scale spatial fluctua-
tions.

The temperature oscillations are computed from Eq. (27)
of Swift and Ward,'* where they assume that the heat capac-
ity of the regenerator solid is much larger than that of the gas
and the gas-to-regenerator heat-transfer coefficient 4 does
not depend on Reynolds number. We make the additional
simplification that wp,,c,/(h/r;,) = (r,/8,)*< 1. The result is
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pmcgulR(aTm/ax) . (48)

<T1R>ulR h/}’h

Substituting the full solution into Eq. (27) of Swift and
Ward'* and expanding to first order in the acoustic variables
and linear order in the perturbation, we find

Sure | 95T,/ ax
ST 49
< 1R>u]R < ]R>u|R|: Uig &T /(9)6:| ( )
where we have again assumed <T1R>EM|R=<T1R>L71R' In Eq.

(49), we have dropped a term proportional to 8p,, because

(8T, Rluy,, is only needed at x=0 and x,, where &p,, is zero.
Substituting Egs. (23), (30), (47), and (49) into Eq. (45) we
find

—(1 — P)pse T, ef(y) = ZWhZ’{(y)

+ Oiyoc, T,(1 = 7)
2

2x,.k, Tadf(;). (50)

T dy
To arrive at this result, the two terms of h,,, h,, and h;, are
each taken to be independent of x. Equations (22), (30), (31),
(36), (37), and (39) can be combined to show that &ty is
proportional to f(y), so Eq. (50) shows that f(y) is propor-
tional to sin(nary/y,) or cos(nmy/y,,). The value of n is
constrained by the temperature boundary conditions im-
posed by the regenerator geometry. For example, n is even
for annular regenerators of circumferential extent y,, to
force continuity of temperature. (The requirement that
J&mydy=0 rules out n=0.) Substituting Eq. (36) evalu-
ated at x=0 into Eq. (50) and using the ideal gas equation
of state, we find

xwywzw(l - d)) pxcsTa €
7E,
_(HIE,) nzkyT 2y Xl Vo
-7 E,
1—7( 6ur(0)  Suy(0
Y T( U g ( )_ Uo( ))/f(y). (51)
y=1 27 \ u1(0)  uy(0)

Here, H and E, are the total energy flux and the total acous-
tic power flux at the ambient end of the regenerator, z,, is the
short dimension of the regenerator transverse to x,,, and 7y is
the ratio of specific heats of the working gas.

Equation (51) begins to shed some light on when an
instability may arise. All factors on the LHS of Eq. (51),
other than perhaps e itself, are positive. Therefore, the sign
of € is determined only by the RHS of the equation. The
transverse conductivity term, the term proportional to k,, is
negative for both engines and refrigerators and, therefore,
always contributes to the stability of the streaming and tem-
perature distribution. It is proportional to n?, so it selects the
broadest possible mode for the instability: n=2 for our an-
nular regenerator, n=1 for a wide rectangular regenerator.
[For circular regenerators, f(y) would be something like
Jo(kr)cos(n6) with k such that (d/dr)Jy(kr)=0 at the circum-
ference of the regenerator, and n=1 would be selected.] For
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engines, 7>1,E,>0, and H<0, making the first term on
the RHS negative. In refrigerators, 7<<1,E,>0, and H>0,
so the first term is still negative. Therefore, this term always
contributes to the stability of the streaming distribution. The
third term on the RHS is more difficult to analyze. For values
of 7, b, and I' over the wide range we have explored, the
difference inside the parentheses divided by f(y) is always
positive. Therefore, for engines, the third term on the RHS is
always negative and this calculation predicts that engines are
inherently immune from streaming instabilities. However,
for refrigerators, the third term on the RHS is positive, lead-
ing to the possibility of a streaming instability. In the case of
refrigerators, a streaming instability will arise (i.e., €>0)
when

H_ v (1- T)2< Su1(0) 5u20(0))/f(y)

E, y=1 2m \ug(0)  uy0)
k,T,
_n2(] —T)‘M/Ea, (52)
Yw

with  Su x(0)/f(y)u,z(0) given by Eq. (31) and
Surp(0)/ f(y)uy(0) given by Eq. (39). One interesting re-
sult is that for a regenerator with a linear flow resistance,
ie, =0 in Eq. (26), I'=0, JSu;p(0)/u;x(0)
= Su»(0)/ uy(0), and there is no instability of the type de-
scribed here. The conclusion is that a parallel plate regen-
erator with uniform plate spacing and a Reynolds number
less than about 2000 does not suffer from this type of
instability.

lll. APPARATUS

Since the acoustic streaming instability is sometimes ex-
pected in refrigerators but never in engines, we have built an
orifice pulse tube refrigerator (OPTR) to specifically search
for it. Figure 2 shows a scale drawing of the OPTR used in
these measurements. It consists of three heat exchangers, a
regenerator, and a pulse tube. The rest of the hardware in-
cludes a piston driven by a linear motor,"” an experimental
offset, and a variable acoustic network. The system is filled
with 30-bar helium gas and driven at a fixed frequency of
45 Hz. The 0.10-m diameter piston (not shown) is located
directly beneath the experimental offset.

The offset is simply an open cylinder that allows for
impedance matching between the OPTR and the piston/linear
motor. It also allows access to the inner cooling-water chan-
nel of the aftercooler. The offset also has a port for measur-
ing acoustic pressure using a piezoresistive transducer.'®

Above the offset is the aftercooler, which is the principal
ambient heat exchanger. It is made from a 5.1-cm-thick brass
block drilled with a total of 90 3.2-mm-diameter holes in two
circular rows. Annular cooling-water channels are located
just inboard and outboard of the holes.

Above the aftercooler is the regenerator. It is made from
plain square-weave stainless-steel screen with an inner diam-
eter of 5.5 cm and outer diameter of 7.4 cm. The screen is
cut by wire electrical-discharge machining, cleaned, and then
packed into the regenerator housings with an annular die to a
height of x,,=5.08 cm. The inner and outer housings around
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FIG. 2. Scale drawing of the orifice pulse tube refrigerator used in this
study. All components from the aftercooler to the ambient manifold are
annular. The rest of the components are circular. The four adapter tubes
transition the annular geometry back to circular.
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the regenerator have wall thicknesses of 1.65 and 1.32 mm,
respectively. On each end, four layers of 20-mesh copper
screen with a wire diameter of 0.4 mm are inserted as simple
spacers to allow room for the flow to spread out after exiting
the heat exchangers. Temperatures are measured with 40 1.0-
mm-diameter sheathed type-K thermocouples located every
45° around the azimuth at the five axial positions as shown in
Fig. 2. The thermocouples are inserted into tight-fitting pock-
ets drilled halfway through the regenerator’s annular thick-
ness, and the stainless-steel sheaths are soft soldered to
slightly larger, short tubes that are brazed to the outer hous-
ing, thereby making a leak-tight seal. The top and bottom
sets of eight are centered in the copper spacers. The other
three sets are in the regenerator itself, just inside the copper
spacers and at the axial midpoint.

Two different regenerators are tested. The first has a po-
rosity of 0.686 and a hydraulic radius® of 22.2 pm. The sec-
ond has a porosity of 0.686 and a hydraulic radius of
13.9 pm. In both regenerators, the hydraulic radius is much
smaller than the thermal penetration depth, about 204 um at
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300 K, ensuring good thermal contact between the helium
gas and the screen. The first regenerator never showed an
instability. Data from it are only discussed briefly, and the
rest of this article focuses on the second regenerator.

Above the regenerator is the cold heat exchanger. It is
made from a 1.9-cm-thick block of oxygen-free high-
conductivity copper drilled with a total of 180 2.4-mm-
diameter holes in three circular rows. A channel around the
outside of the heat exchanger allows for cooling or heating
of the heat exchanger with liquid or gaseous nitrogen or a
water-antifreeze mixture as necessary. Eight type-K thermo-
couples are inserted into drilled pockets around the perimeter
near the lower face of the cold heat exchanger at the same
angular locations as in the regenerator.

The annular pulse tube is located above the cold heat
exchanger. Its stainless-steel inner and outer shells are nearly
identical to the regenerator housings. The pulse tube pro-
vides thermal insulation between the cold and ambient heat
exchangers while transmitting acoustic power out of the cold
zone. The surfaces facing the helium gas are polished to
ensure that the surface roughness is much less than the vis-
cous and thermal penetration depths. Several layers of cop-
per screen at either end of the pulse tube serve as flow
straighteners. Temperature in the pulse tube is measured with
16 type-K thermocouples spot welded to the outer wall every
45° around the azimuth at two axial locations.

Above the pulse tube is the secondary ambient heat ex-
changer, which is similar in construction to the aftercooler. It
consists of a drilled brass block with a cooling-water channel
around its outside. Next, an annular manifold and four 6.4-
mm-diameter tubes adapt the annular geometry back to a
tubular geometry. A flow straightener in the manifold keeps
the flow from the four tubes from jetting through the second-
ary ambient heat exchanger. A second acoustic pressure sen-
sor is located in the manifold.

Above the four adapter tubes, 3.4 m of 12.7-mm-
diameter inertance tubing extends to a 2.3-liter compliance
tank forming an acoustic network'? used to set the volumet-
ric flow rate at the aftercooler. A third pressure sensor is
located in compliance. All three pressure sensors are cali-
brated using a steady pressure measured with a National In-
stitute of Standards and Technology traceable Bourdon-tube
pressure gauge.

IV. PRELIMINARY MEASUREMENTS

Several quantities must be measured accurately to make
a comparison with the theory: 7, I', E,, H, and k,. For the
first three of these, we require accurate measurements of the
temperature, complex pressure p;,, and volumetric velocity
U,, at the ends of the regenerator.

Thermocouples in the copper spacers, regenerator, cold
heat exchanger, and pulse tube are calibrated in situ by sub-
merging the entire assembly in baths of known temperature:
liquid nitrogen (75 K at Los Alamos atmospheric pressure)
and a dry ice-acetone bath (195 K). A third calibration point
is obtained by letting the insulated system sit undisturbed
overnight (with the cooling water shut off) and reading all of
the thermocouples in the morning. Quadratic fits to the tem-

J. Acoust. Soc. Am., Vol. 120, No. 4, October 2006

perature deviations are used to interpolate the corrections
between the calibration points. The range of the temperature
corrections is #3 K and +8 K at dry ice-acetone and liquid-
nitrogen temperatures, respectively.

The measurement of the complex pressure amplitude is
straightforward. All pressure sensors in the OPTR are read
out with the same lock-in amplifier, ensuring accurate mag-
nitude and phase information. The magnitude and phase of
the pressure amplitude in the experimental offset changes
very little along its length, so the pressure measured at this
sensor provides the complex pressure amplitude at both the
piston face p; , and the ambient end of the regenerator p,.

The complex volumetric-velocity amplitude is more dif-
ficult to determine. A mutual-inductance-based linear
variable-displacement transducer (LVDT) (Ref. 20), on the
linear motor provides a measure of the complex displace-
ment amplitude of the piston. The flow rate at the piston face
U, is then determined from knowledge of the piston area
and angular frequency of the oscillation, w. However, U,
changes significantly between the piston face and the ambi-
ent face of the regenerator. Most of the change is in the
imaginary part and is due to the compliance of the experi-
mental offset. This change is easily accounted for by mea-
suring the total volume between the piston face and the af-
tercooler, and knowing w,p;, and the mean pressure.
However, there is also a change in the real part of U, due to
thermal and viscous dissipation on the experimental offset
wall E .- as well as dissipation due to leakage through the
clearance seal between the compressor’s piston and cylinder
E.,. Instead of trying to compute each source of dissipation,
a set of measurements is carried out to determine the com-
bined effect of all of them. At the top of the experimental
offset, the OPTR is replaced by a variable acoustic load con-
sisting of a 2.2-liter tank connected to the offset by a water-
cooled globe valve.”! By adjusting the valve, varying
amounts of acoustic power E;,,4 can be dissipated in the
load. Pressure sensors in the tank and offset are used to ob-
tain Eload.21 The acoustic power leaving the piston face E,, is
determined from measurements of U, , using the LVDT and
P14 Using the pressure sensor in the experimental offset.
Both measurements are made using the lock-in amplifier,
which allows for accurate determination of the phase be-
tween p; , and U, ,. With the load valve closed, E,=Ej
+E,. As the load valve is opened, the additional power
drawn by the load must originate at the piston face. There-
fore, E,=E e+ Esear+ Eloaa- If P14 18 held constant for each
valve setting, E,., and E s should be nearly constant.
Therefore, if E, is plotted versus Ejy,q for various valve set-
tings, the result should be a straight line of slope 1 and an
E,-axis intercept of Efrei+ Egeq- Figure 3 shows the results
of these measurements. Each set of data is fitted with a
straight line, and the slopes range from 1.00 to 1.05 demon-
strating the accuracy of the £, and E),,q measurements. The
fitted intercepts giving E o+ Eqeq are displayed in Fig. 4.

The entire system is modeled with DeltaE.* To account
for the dissipation in the piston seal and experimental offset,
an extra side-branch acoustic resistance that dissipates E.,
+Eit; from Fig. 4 is added to the DeltaE model at the
piston end of the experimental offset. In combination with a
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FIG. 3. Acoustic power leaving the piston face E, versus the power dissi-
pated in the variable acoustic load Ej, for several different |p; ,/p,,|. The
lines are least squares fits to the data. The slopes of the lines range from 1.0
to 1.05, demonstrating the accuracy of determining £, from p, , and LVDT
measurements of the piston location. The E, intercept at each value of
|P1.o/ Pyl determines the acoustic dissipation due to boundary-layer pro-
cesses in the experimental offset and piston seal leakage.

segment that models the compliance of the offset, the extra
resistance makes appropriate changes to U, to give U,
which also modifies £, to give E,. For each data point, mea-
surements of U, ,, 1 4,P1 nev- and p; , are compared with cal-
culations using the DeltaE model. Here, p, ;. and p, , are the
complex pressure amplitudes in the ambient manifold just
below the acoustic network and in the compliance tank, re-
spectively. Typical results are shown in Fig. 5. The phase of
P1.. has been arbitrarily set to zero, and |p; 4| is forced to be
the same in the model and experiment. The measured U, ,
phasor is in good agreement with the model. The only other
measure of U, in the system is the pressure oscillation in the
compliance tank. The good agreement between the measure-
ment of p,, and the model indicates U, into the tank is close
to the model predictions. With agreement between measure-
ment and model predictions for U, at the piston and in the
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FIG. 4. Acoustic power dissipated by boundary-layer processes in the ex-
perimental offset and by piston seal leakage vs |p1,u/ Pl The fit to the data
is used to interpolate between the data points.
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FIG. 5. Measured and calculated acoustic pressure and volumetric velocity
phasors throughout the experimental system at |p;,/p,,|=0.07 and T.
=77 K.

compliance tank, the model predictions of U, , (which deter-
mines I') and U, throughout the system can be used with
some confidence.

In principle, the total energy flux H through the regen-
erator could be determined from the difference between E,
and the measured heat rejected at the aftercooler. However,
this would not provide a very accurate measure because H is
relatively small compared to both of these quantities. There-
fore, we resort to our knowledge of U, and p, throughout the
system to numerically compute22 H. However, for this com-
putation to be accurate, we must know the flow impedance
and heat-transfer properties of the regenerator, which depend
on r;, and ¢. By measuring the total mass of the screen in the
regenerator and its volume, ¢ is accurately determined. The
hydraulic radius is determined from ¢ and the diameter of
the screen wire d,, as quoted by the manufacturer, via ry,
=(d,,/4)¢/(1—-¢), yielding 13.9 um for the second regen-
erator. The acoustic pressure drop across the OPTR p,,
—D1net 18 used as a check of this value of r;,. Figure 5 shows
the typically 80% agreement between the measurements of
DP1.a—Pine and the numerical computation.22 A 20% uncer-
tainty in py ,—p e implies a 10% uncertainty in r,, which in
turn implies a 20% uncertainty in our computed values of H.

V. EXPERIMENTS

To search for the instability, we vary the ratio H/E,,. We
interpret any azimuthal dependence of the steady-state tem-
perature in the midplane of the regenerator as a sign that an
instability has arisen, has grown in time, and has stopped
growing when it reaches a balance with some other nonlinear
effect that is beyond the scope of this paper. Data are taken
by keeping both T, and T,, (i.e., 7) nearly fixed while varying
|p1,a|. Under these conditions, E, goes approximately as
|P1.*. The hydrodynamically transported energy flux 4, in
Eq. (46) also grows as |p; |°. However, &, the thermal-
conduction component of the energy flux in Eq. (46), stays
fixed. Therefore, by varying |p; .|, we can vary H/E,, in Eq.
(52) while keeping 7 fixed. At each acoustic amplitude, the
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FIG. 6. Normalized measured temperatures around the azimuth at the axial
midpoint of the regenerator for various |p, ,/p,| and T,=77 K. See the text
for how the temperatures have been normalized. The appearance of a sine-
wavelike distribution at higher |p, ,/p,,| signals the onset of an acoustic
streaming instability.

system is allowed to reach a steady state indicated by negli-
gible changes in temperature of any of the thermocouples in
the regenerator. All the thermocouple temperatures, the
acoustic pressures, and the piston amplitude are then re-
corded. The temperatures at the ambient and cold end of the
regenerator and |p1,a| are used as inputs to the numerical
model that calculates H. The acoustic power E, is deter-
mined as described in the previous section.

At low amplitude where H is dominated by h,and H/E,
is large, the temperature at the axial midpoint of the regen-
erator is found to be roughly independent of the azimuthal
angle. As |p1,a| is increased, the angular temperature distri-
bution changes little until a critical |p; | is reached, where a
sine-wavelike angular temperature distribution appears. If
|p1,a| is increased beyond the critical value, the amplitude of
the temperature variation increases. A typical set of data for
T,~300 K and T,.~77 K is shown in Fig. 6. Here, the tem-
perature at the axial midpoint at each angle, T4, is normal-
ized by the temperatures at the ambient and cold ends 7,

and T, ,, respectively, by
Tin_ Tan+Tcn/2
A, = T+ Te) -7, (53)
T,,-T

a,n c,n

Any residual bias from systematic errors in the thermocouple
calibration is removed by subtracting off from each A, a zero
Z, which is obtained by averaging data sets whose |p; | are
clearly below the critical value. The resulting A, values are
plotted in Fig. 6 for several |p; . A numerical calculation
indicates that a sinusoidally y-dependent streaming mass flux
with a peak of only 0.003 Re[p;u,]/2 would cause the
changes in temperature observed at |p,/p,,| =0.08.

To accurately determine the location of the transition to
streaming, the magnitude of the temperature variation in Fig.
6 is determined from a Fourier transform via
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FIG. 7. The amplitude squared of the Fourier transform of the temperature
data in Fig. 6. The line is a least squares fit to the last three data points. The
|A]>=0 intercept is defined to be the onset of the instability, i.e., (H/E,).
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8 8
|A? = EE A, cos(nml4)| + %TE A, sin(nw/4)|

n=1 n=1

(54)

and |A|? is plotted versus E,/H in Fig. 7. Consistent with Eq.
(52), as E,/H becomes larger a critical value is reached
where |A|?> begins to rapidly grow. There is some rounding
near the transition, and the critical value (E,/H),,;, is defined
as the |A]*=0 intercept of a line fitted to the data points
beyond the visible rounding.

The same data taking and analysis procedure is applied
to data sets with 7,~300 K and 7, spanning 77 to 285 K.
The results for (H/E,); versus 7 are plotted as the circles in
Fig. 8. The detailed acoustic and thermal conditions are
shown in Table I. Operating conditions above and to the right
of the circles in Fig. 8 do not show azimuthal temperature
variations, whereas operating conditions below and to the
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FIG. 8. (H/E,).; versus 7. Each point is an experimental value obtained
from a data set like that of Fig. 7. The thin and bold lines are Eq. (52) with
and without the transverse conduction term, respectively. To check the re-
peatability of the measurements, the group of three points near 7=0.25 were
taken under nearly identical acoustic conditions, as was the pair of points
near 7=0.60. The primary sources of uncertainty in (H/E,)., are the scatter
in the individual temperature measurements used to determine |A|> and the
choice of how many points in the plots of |A|* vs E,/H to include in the
linear fit (see Fig. 7).
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TABLE 1. Acoustic and thermal conditions for the data in Fig. 8.

T. (K) T (H/E,) it H (W) P1.a (kPa) 10°U,, (m®/s) Phase U, , (deg) r

76 0.25 0.119 15.7 145 245 42.1 0.29
75 0.25 0.109 17.4 155 2.65 38.9 0.32
75 0.25 0.103 20.3 171 3.10 41.8 0.36
151 0.50 0.077 9.6 174 2.00 443 0.24
171 0.57 0.069 7.6 171 1.78 43.6 0.21
188 0.62 0.056 7.7 192 1.84 39.0 0.22
189 0.63 0.059 7.2 186 1.76 424 0.21
224 0.74 0.049 42 168 1.31 38.8 0.15
276 0.90 0.026 4.1 233 1.71 375 0.19

left of the circles show azimuthal variations presumably due
to the acoustic streaming instability described earlier. The
first regenerator, with a 22.2 um hydraulic radius, always
yielded a higher (H/E,) for a particular 7, i.e., above and to
the right of the data points in Fig. 8, and never showed an
instability.

Comparing the experimental results in Fig. 8 with Eq.
(52) is not straightforward because 7 is not the only indepen-
dent parameter on the right-hand side of Eq. (52). The other
independent parameter is I', which is a measure of the Rey-
nolds number at the ambient end of the regenerator. Experi-
mentally, I" can be varied by using a valve (not shown in Fig.
2) in the acoustic network to vary the impedance of the net-
work. However, increasing I' by a factor is two is not fea-
sible because the pressure drop across the regenerator would
become comparable to |p; |, violating one of the assump-
tions in the calculation. Decreasing I' by a factor of two is
also not possible for several reasons. First, lower values of '
imply smaller |U,,| at the same |p,,|. The consequence
would then be large phase shifts in U; from the ambient to
the cold end of the regenerator, violating our assumption that
p; and U, are in phase throughout the regenerator. Second, to
maintain the phase of p,, relative to U; , near zero would
require an acoustic network that had nearly the same inertial
component (i.e., reactive component) while reducing the dis-
sipative component by a factor of two. This is not possible at
the current power level. Therefore, we are restricted to the
narrow range of I' allowed by the current apparatus.

In Fig. 8, experimental values of I" range from about
0.35 at the lowest 7 to 0.15 at the highest. The variation in I’
is somewhat subtle. At a particular |p; 4|, the volumetric flow
rate at the cold end of the regenerator U, . is fixed by the
dimensions of the inertance tube and the compliance tank.
Equation (8) shows that U, ,=U, ./ 7. Therefore, U , and I
are smaller for large 7 and larger for small 7. Instead of
calculating an instability threshold for each data point, we
present two curves in Fig. 8; one for the threshold with T’
=0.35 and another for I'=0.15. To help distinguish the mag-
nitude of the two contributions on the right-hand side of Eq.
(52), the bold curves only take into account the first term
while the thin curves also take into account the transverse
conduction term. Just as with the experimental data, operat-
ing points below and to the left of the curves are unstable
while those above and to the right are stable.

The qualitative agreement between measurements and
calculations in Fig. 8 is encouraging. Both experiment and
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calculation show an instability for operation below a critical
value of H/E,, and both show that (H/E,).; decreases as 7
increases. However, the quantitative agreement is not very
good. As the bold curves show, the disagreement is not sim-
ply due to an overestimate of the stabilizing effect of trans-
verse conduction. Instead, we may be underestimating the
destabilizing effects of streaming or simply leaving out one
or more important effects. The exact solutions for oscillating
flow and heat transfer in a screen regenerator are unknown,
forcing us to use steady-flow correlations in a oscillating
flow."* Inaccuracies certainly result, and the effects on this
subtle calculation are difficult to estimate. In addition, since
we cannot solve the equations for the perturbation exactly,
we have assumed the functional form of the temperature per-
turbation profile based on observations of a different system
when streaming was present. Although we believe this form
to be close to reality, perhaps the instability threshold would
be significantly changed by picking a different functional
form. The calculation we have presented assumes that p; and
U, are in phase throughout the regenerator. The data in Table
I show that U, , leads p, , by approximately 40°. The effect
of this phase difference is difficult to estimate without in-
cluding it at all stages of the calculation. Finally, we assumed
the transverse acoustic and streaming velocity perturbations
are both zero. In reality this is certainly not the case because,
although not presented in this paper, the solutions arrived at
in this calculation show a y-dependent p; and p, , inside the
regenerator, i.e., everywhere but x=0 or x=x,,. Quick initial
estimates show that the energy flows driven by the resulting
transverse acoustic and streaming flows are either stabilizing
or have no effect. However, more detailed calculations are
required to verify these estimates.

VI. CONCLUSIONS

A calculation has been presented showing that an acous-
tic streaming instability can arise in the regenerators of
oscillating-wave refrigerators, while engines are immune.
The calculation begins by assuming that a region “A” near
the midplane of the regenerator becomes a little hotter than it
should while region “B” (also near the midplane but some
transverse distance away) becomes a little cooler. Some of
the consequences of such a mean temperature perturbation
will always remove heat from region A and deposit heat in
region B, leading to a suppression of the original perturba-
tion. Referring to Eq. (51), these include transverse thermal
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conduction through the regenerator screen (proportional to
ky) and the axial total energy flux H (proportional to
dT,/dx). The other term in Eq. (51), &u;z(0)/u;x(0)
— Su50(0)/uy(0), is proportional to the second-order stream-
ing mass-flux perturbation. Under all conditions we have ex-
plored, the resulting steady mass flux is always positive (i.e.,
directed from T, to 7,, in regions where the midplane tem-
perature is higher). In engines, heat is extracted from region
A and deposited in region B by this term, which suppresses
the mean temperature perturbation and leads to the stability
of engines to this type of perturbation. However, the opposite
is true in refrigerators where additional heat is deposited in
the region A and removed from region B. The details of the
state of the refrigerator’s regenerator dictate whether the heat
flux perturbation due to this streaming can overcome the
stabilizing effects of transverse thermal conduction and axial
total energy flux. If it does, the perturbation grows, resulting
in an instability in refrigerators.

When a perturbation is present, the changes in the heat
flux due to the transverse thermal conduction and the axial
energy flux are easily understood. However, the second-order
streaming mass-flux perturbation is more complicated. It is
nonzero because the nonlinear flow resistance of the regen-
erator results in different flow resistances for the first-order
acoustic flow and the second-order streaming flow and be-
cause these resistances change with mean temperature in dif-
ferent ways.

The calculation of the instability threshold is difficult
because the three effects mentioned above are all about the
same size. A small inaccuracy in the calculation of any one
of three can lead to a significant inaccuracy in the result for
the instability threshold. An accurate numerical calculation
could presumably predict the instability threshold. However
we chose to attempt an analytical calculation to gain under-
standing by identifying the specific stabilizing and destabi-
lizing mechanisms.

An orifice pulse tube refrigerator with a well-
instrumented regenerator was built to determine the instabil-
ity threshold. The calculation described above and the ex-
perimentally determined threshold show qualitative
agreement, but quantitative agreement is still lacking. Pos-
sible routes of additional theoretical investigation include
better models for the flow and heat transfer in regenerators,
determining the exact solution for the x dependence of the
mean-temperature perturbation, and including acoustic and
streaming flow transverse to the main acoustic axis.
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Experimental investigation of the effects of water saturation on

the acoustic admittance of sandy soils
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A novel technique for the laboratory characterization of the frequency-dependent acoustic surface
admittance of partly saturated samples of sands is presented. The technique is based on a standard
laboratory de-watering apparatus coupled with a standard acoustic impedance tube. The dependence
of the surface admittance on the degree of water saturation is investigated for two samples of sand
with widely different flow resistivities. It is shown that a relatively small change (e.g., from 0% to
11% by volume) in the degree of water saturation can result in a much larger change (e.g., twofold)
in the acoustic surface admittance. An empirical relationship is found between the peaks observed
in the real part of admittance spectra for the low flow resistivity sand and the degree of water
saturation. The data are compared with predictions of two widely used ground impedance models:
a semiempirical single parameter model and a two parameter model. A modified two-parameter
version of a single-parameter model is found to give comparable fit to the two-parameter model.

However, neither model provides an accurate fit.

© 2006 Acoustical Society of America. [DOI: 10.1121/1.2338288]

PACS number(s): 43.28.En, 43.55.Ev, 43.20.Gp, 43.58.Bh [KA]

I. INTRODUCTION

Outdoor sound propagation at short and medium ranges
is strongly affected by the presence of the porous ground.
This effect has been studied in detail over the last
20-30 years and can be calculated for a given frequency of
sound provided that the corresponding value of the complex
acoustic surface admittance (B,) of the ground is known. The
ground admittance is significantly affected by the type of
material in the porous ground,1 its roughness,2 degree of
compaction3 and the moisture content.*” Thus the relation-
ship between the above parameters of the ground and the
corresponding value of the admittance becomes rather com-
plex. As a result, theoretically founded methods are typically
abandoned in favor of purely empirical models which predict
the ground admittance. For example, the HARMONOISE
method for the prediction of noise propagation outdoors,’
uses the empirical expression for the characteristic imped-
ance (z,=1/8,) proposed in 1970s by Delany and Bazley’
(Eq. (35) in Ref. 7). The model by Delany and Bazley is
based solely on the effective flow resistivity which is treated
as an adjustable parameter to achieve the best fit between
prediction and measurement (e.g., Ref. 8). The application of
the model proposed by Delany and Bazley for use in acoustic
ground characterization is questionable since: (i) the model
was originally developed to predict the acoustic properties of
fiberglass rather than loose granular media and (ii) it violates
the Kramers-Kronig relations for causal behavior.” The only
way the model can account for any changes in soil condi-
tions due to the amount of precipitation, sun and wind ef-
fects, is by an adjustment of the effective flow resistivity.
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A change in the degree of water saturation with time is a
common problem when considering outdoor sound propaga-
tion. Precipitation, sun activity and morning dew all result in
a change in the degree of water saturation of porous soil
which is likely to result in a related change in the behavior of
the frequency-dependent acoustic surface admittance. Gener-
ally, there are two major effects on the acoustic admittance
caused by changes in the partial saturation in a porous soil.
These may result from: (i) layer thickness changes with
mean water level (i.e., position of the hard-backed layer);
and (ii) changes in the size distribution of open, intercon-
nected pores. If the soil consists of parallel capillary tubes,
the cross sections of which are independent of depth, then
effect (ii) will be predominant. Effect (i) will be predominant
if the soil consists of large pores in which the capillary forces
are relatively small compared to the gravity force. The mi-
crostructure of sandy soils, is much more complex than a
stack of parallel capillary tubes. Smaller pores are connected
to larger pores in a peculiar pattern which is hard to establish
without resorting to x-ray tomography. Therefore, the overall
effect of moisture on the acoustic performance of soil is hard
to quantify in a relatively simple acoustic experiment. As a
result and despite several attempts (e.g., Refs. 4, 5, 10, and
11) these effects have not yet been properly characterized
under controlled laboratory conditions over a range of water
saturation. A critical requirement in this type of experiment
is the accurate, noninvasive measurement of the proportion
of open pores and the distribution of the moisture across the
area of the sample. This requirement has not been suffi-
ciently met either in the pioneering work by Dickinson and
Doak” or in the more recent work by Cramond and Don.’
One can also argue that the inversion method based upon
sound propagation data and empirical, noncausal expressions

© 2006 Acoustical Society of America
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for the ground impedance (e.g. Ref. 5) may not provide suf-
ficiently representative information on the realistic acoustic
properties of partly saturated soils. Such a technique assumes
that the Delany and Bazley model is able to predict accu-
rately the acoustic impedance (z;) and propagation constant
(k) in such soils.

The paper is organized as follows. Section II describes
controlled laboratory measurements of the effect of varying
moisture content on the acoustic properties of two samples of
fine and coarse sand. Section III discusses the resulting data.
Section IV presents two ground impedance models and sug-
gests a simple modification to one of them to enable toler-
able agreement with data. In Sec. V predictions of these
models are compared with the results of a controlled labora-
tory experiment in which the surface acoustic admittance is
measured directly and linked to the degree of water satura-
tion. Section V offers some concluding remarks.
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FIG. 1. Apparatus for determining si-
multaneously the pore size distribution
and the acoustic surface impedance of
water saturated porous samples.

Il. EXPERIMENTAL PROCEDURE

A controlled water suction experiment12 was carried out
on a saturated porous sample using a standard Buchner fun-
nel setup,13 coupled with the simultaneous measurement of
the surface acoustic impedance using the impedance tube
method."* Figure 1 shows the arrangement used. A vertical
Bruel and Kjaer 100 mm impedance tube (Type BK 4206),
operated in the wide-spacing mode (100 mm microphone
spacing) in the frequency range between 50 and 1600 Hz, is
connected to a standard Bruel and Kjaer PULSE™ data ac-
quisition system. The sample holder is attached to the Buch-
ner funnel and subsequently to a glass burette and measuring
tube. The lower part of the sample holder is 50 mm deep and
its internal diameter is machined precisely to match the in-
ternal diameter of the impedance tube. The upper part of the
sample holder is 25 mm deep and its internal diameter was
machined to match the external diameter of the impedance
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TABLE I. A summary of the material properties of porous samples used in the experiments.

Mean
Grain grain Mean
Chemical density, size, pore Porosity Dry flow resistivity
Material composition kg/m3 mm size, um % kPas m™>
Coarse Si0, 2650 0.65 98 39 85
sand
Fine sand SiO, 2665 0.37 65 44 314

tube. The sample holder slides onto the impedance tube and
is clamped using the two standard brackets. The circumfer-
ence where the impedance tube and the sample holder are
joined is sealed with a rubber gasket. The bottom of the
sample holder is perforated and lined with a single layer of a
filter paper having 5 um pores. Filter paper is used to enable
the continuous flow of water out of the sample and to prevent
the leaching of fine particles. The edge of the filter paper is
sealed using silicon sealant to ensure that there is a continu-
ous water phase between the pore water and that in the Buch-
ner funnel. The ambient temperature and atmospheric pres-
sure of the air in the impedance tube are measured to an
accuracy of 0.1 °C and 100 Pa, respectively. These data are
used to compensate for the related change in the sound speed
and air density as suggested in the BS EN 10534-2."
Although several types of sandy soil have been investi-
gated, in this paper we report the data only for coarse and
fine silica sand samples. These materials have flow resistivity
and porosity values that are sufficiently representative of
many outdoor porous surfaces™® (see Table I). The sands
used in the experiments are natural silica sands, prewashed,
graded and supplied by WBB Minerals, UK. The basic
physical and chemical characteristics for these materials are
presented in Table I. The dry flow resistivity data presented
in Table I were determined using the standard procedure.15
Figure 2 shows scanning electron micrographs of the par-
ticles of coarse and fine sand. These illustrate that the par-
ticle size and shape distributions in the investigated soil
samples are relatively uniform. The median grain size of the
coarse sand is 0.65 mm and is approximately double of that
of the fine sand. Figure 3 presents the probability density
functions for the pore size distribution data for the two
samples of sand obtained by using a standard water suction
experiment.12 The pore size data shown in Fig. 3 suggest that
approximately 90% of pores in the sample of fine sand have
radius s such that 51 um<<s<<70 um. Approximately 86%

Fine sand Coarse sand
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of the pores in the sample of coarse sand are such that
80 um <s<<105 um. This choice of material samples pro-
vides the opportunity of studying the acoustic and related
effects of two different bands of pore size distribution. It can
be expected that the majority of pores in these materials will
release water once the matric suction pressure exerted by the
water in the burette (P=p,gH,) reaches the capillary pres-
sure (P,=2ucos 6/(s))."® In the above expressions p,
=998.23 kg/m? is the density of water, g=9.807 m/s is the
acceleration of gravity, H,, is the difference between the ef-
fective level of water in the porous sample and the water
level in the burette (see Fig. 1), ©=0.0728 N/m is the sur-
face tension of the water/air interface, 0 << #< 7 is the con-
tact angle which depends mainly on the rheological proper-
ties of the pore wall material and the chemistry of pore water
and whether the water-air interface is advancing or receding,
and (s) is the mean pore radius in the sample.

Fully saturated samples of these materials were prepared
by pouring slowly dry sand into the Buchner funnel which
was partially filled with water. Since the dry sand was always
poured into the water, it is unlikely that air would be trapped
in the pore voids, thus ensuring that the samples were fully
saturated. Upon filling the Buchner funnel with saturated
sand, the sand surface was leveled using a specially designed
tool and any excess water and sand particles were carefully
removed. Stratification of sand layers was unlikely to occur
provided that sand particles were dropped from the same
height and a constant water head was maintained above the
sand surface. In other words, the deposition time of the sand
particles was constant. Poorly graded sand samples having
no fine particles (less than 75 uwm) were used. Such a particle
size range ensured that movement of particles in the water
was minimal. This was confirmed by the visual observation
of the color of the retreated water and by inspection of the
sand samples after completing the experiment.

FIG. 2. Scanning electron microscope photographs of
the investigated samples of fine and coarse sands.
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The Buchner funnel was then attached to the impedance
tube before starting the acoustic measurements. The acoustic
impedance was initially measured at full saturation. An in-
cremental increase in the suction head was applied to the
sample and the outflow of water was measured at each stage.
A stable distribution of water within the pore voids was
reached when there was no further outflow of water. At each
stage of equilibrium distribution of water within the sand
sample (i.e., when P,.=P), the acoustic impedance of the
sample was measured. The experiments were continued until
the residual degree of saturation of 11%—15% was achieved,
which was marked by no further draining of water even with
further increase in the value of matric suction head. The
average degree of saturation within the sand sample and the
applied matric suction head were calculated at each stage
(for further details see Ref. 17). In these experiments no
change in the sample volume or shape was observed at the
residual degrees of water saturation. In separate experiments
the standard sample holder was loaded with samples of dry
sand of equivalent mass and the acoustic impedance was
measured.

lll. RESULTS

The measured real and imaginary parts of the normal-
ized surface acoustic admittance (B;) for 50-mm-thick
samples of coarse and fine silica sand as a function of fre-
quency and for various values of the degree of water satura-
tion, S (%), are presented in Figs. 4 and 6. The degree of
saturation was determined from the following expression, S
=V, /V,X100%, where V,, is the volume of water in the
sample and V), is the total volume of pores. The small
notches and peaks in the measured admittances (see Figs. 4
and 6) were caused by the limited signal-to-noise ratio in the
impedance tube. The signal level was controlled to avoid any
nonlinear behavior of the sample, i.e., to prohibit the genera-
tion of the higher-order harmonics which can be observed in
loose particles of sand.'®

A. Coarse sand

First, we consider the results for the sample of coarse
sand. The data for this material show that the greatest effect
of moisture is observed during the transition from the fully

FIG. 4. Surface admittance of a
50 mm layer of coarse sand.
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dry (§=0%) to a low degree of saturation (e.g., S<11%).
This transition results in up to 100% reduction in the value of
the acoustic surface admittance (see Fig. 4). There is an al-
most 100% decrease in the real part of the admittance around
1000 Hz when the degree of saturation changes from 0% to
11%. The results suggest that for low degrees of saturation
the effect of the moisture on the real and imaginary parts of
the admittance is different. The maximum effect on the real
part is observed at frequencies above 300—500 Hz. As the
frequency decreases, the data for the real part of the surface
admittance asymptotically approach the theoretical low fre-
quency limit Re B,— 0. The effect of moisture on the imagi-
nary part is most pronounced around 500 Hz and is less in
the lower and higher frequency ranges. In the range of
11% <S<95% the reduction in the real and imaginary parts
of the admittance appears to depend almost linearly on the
increase in the degree of saturation in the frequency range
between 100 and 1500 Hz (see Fig. 4). The peak in the
500-600 Hz imaginary part of the admittance relates di-
rectly to the interference between the direct wave and the
wave reflected from the rigid backing (effective water level).
This behavior can be accurately predicted for S < 11% using
the four-parameter Pade approximation model” or a similar
model which is able to account for the finite layer thickness
effect in a low porosity medium.

The real part of the admittance of coarse sand is almost
independent of frequency for S=11% above 500 Hz. At
higher degrees of saturation the imaginary part of the admit-
tance consistently increases with the frequency and ap-
proaches the dry sample value at f=1500 Hz. In the low
frequency range, below 100 Hz, and for S=11% the effect
of moisture on the imaginary part of the admittance is insig-
nificant (see Fig. 4).

An interesting phenomenon is the presence of the frame
resonance in the sample of partly saturated coarse sand. The
frame of porous soil is formed by individual sand particles.
These particles are loose and their density is considerably
greater than that of air and comparable to that of water. At
the medium and high frequencies the inertia force of an in-
dividual particle in a dry (low water saturated) sample is
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much greater than the viscous drag due to the oscillatory
flow of air in the material pores. As a result, the particle
(frame) vibration velocity is limited and the admittance value
is governed largely by the oscillatory flow in the material
pores. At the low frequencies the resisting inertia force be-
comes comparable to the viscous drag and a resonance oc-
curs at the low frequency when Im 8,=0. The behavior of
the frequency at which this resonance is observed in the
sample of coarse sand is presented in Fig. 5 as a function of
the degree of water saturation. There is a linear relationship
between the frequency of the frame resonance and the degree
of water saturation given by the following simple expression
fr=1.28+72 (Hz).

Because of the problems in obtaining reliable informa-
tion about the microscopic distribution of water between the
individual sand grains it is difficult to determine whether the
frequency of vibration mainly relates to: (i) the effective
thickness of the top unsaturated layer of sand; (ii) the
moisture-dependent stiffness of contact points between the
grains”; or (iii) surface tension effects in the closed pores.20
It is possible that a combination of the three effects controls
the frequency of the frame resonance.

B. Fine silica sand

Second, we consider the behavior of the acoustic surface
admittance of the sample of fine sand (Fig. 6). The results
show that the real part of the admittance of the fine sand has
an approximately linear dependence on the degree of water
saturation. There is a proportional reduction in the value of
the real part of the admittance for a given increase in the
degree of saturation across the considered frequency range.
Generally, there is a 5 to 15-fold reduction in the real part of
the admittance as the degree of saturation increases from 0%
to 95%. The imaginary part of the admittance is hardly af-
fected during the transition from dry to a low degree of satu-
ration (i.e., from §=0% to S=15%) and any further increase
in the degree of saturation results only in a marginal decrease
in the imaginary part. The imaginary part of the admittance

K. V. Horoshenkov and M. H. Mohamed: Acoustic properties of porous soils



FIG. 6. Surface admittance of a
50 mm layer of fine silica sand.
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appears unaffected by moisture for S=76%. Indeed the

imaginary part is approximately constant for all the degrees
of saturation investigated in this work.

Frame resonance can be also observed in the case of fine
silica sand, resulting in the nonrigid frame behavior visible
in the data for both the real and imaginary parts of the sur-
face admittance in the low frequency range (below 100 Hz)
for S#0%. Unlike the case of coarse sand, the imaginary
part of the surface admittance of fine silica sand stays posi-
tive across the considered frequency range. The imaginary
part reaches a minimum between 200 and 300 Hz and then
increases as the frequency decreases (see Fig. 6). It is diffi-
cult to obtain the exact frequency of this minimum for a
given degree of saturation and there does not seem to be any
clear dependence between the position of this minimum and
the degree of water saturation. In general, the data suggest
that the value of the minimum decreases with increasing val-
ues of S.

IV. APPLICABILITY OF GROUND IMPEDANCE
MODELS

In this section we consider the performance of two mod-
els for the acoustic properties of rigid-frame porous media
when applied to the characterization of porous sands with an
arbitrary degree of saturation. The models selected in this
study have been used widely to characterize the acoustic be-
havior of porous soils and are based on effective flow resis-
tivity. These models predict directly the acoustic impedance
which can then be translated into the admittance data used in
a majority of formulas for the acoustic excess attenuation
due to the presence of porous ground (e.g., Refs. 7 and 8).
Since there is no standard methodology for selecting the
nonacoustic parameters from the measured impedance data,
we apply regression analysis directly to the measured imped-
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ance data in order to illustrate the ability of these models to

predict the frequency/moisture dependent behavior of porous
soils.

A. Delany and Bazley model

A common method of modeling the acoustic admittance
of porous ground, B,=1/z,, is to use the Delany and Bazley
model,6 i.e., Eq. 35 in Ref. 7,

10007\
2,=1+9.08 -il1.9
(o

where o is the effective flow resistivity (Pasm™), i =y"—_1
and time dependence e*®' is understood. Cramond and
Don used a two-microphone technique for their outdoor
sound propagation experiments and the full Delany and
Bazley model for a hard-backed layer of a partly saturated
soil to deduce the effective flow resistivity.5 The authors
suggested the following empirical formula for the flow
resistivity as a function of the water saturation’

o=150 X 10* =360 X 10* In(1 = $/S0)s S < Sinaxs
(2)

where S, is the saturation value which corresponds to
the dry porosity of porous soil. Figure 7 presents the flow
resistivity predicted by formula (2) for a soil with Sy,
=40% and the deduced flow resistivity for coarse and fine
sands as a function of the degree of saturation. The de-
duced values of the flow resistivity were obtained using
the direct search optimization method?!

-0.73
IOOOf) , M

o

@max

F(o)= |Zexp(@,0) = (0, 0)|dew — min, (3)
where ze.,(w,0) is the measured data for the normalized
surface impedance, z,(w, o) is the impedance predicted by

expression (1), wpin=27 X200 and @y, =27 X 1200 rad/s.
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The results of the optimization (see Fig. 7) show that the N
. . . 0.73
Cramond-Don formula captures satisfactorily the behavior E S T IM zyp
of the deduced flow resistivity of the sample of coarse log GI_L log m=1 (5)
sand for §<40%. The prediction of the behavior of the 0.73 N "
deduced flow resistivity of fine sand is only satisfactory b2 S

for $<30%.

B. Modified Delany and Bazley model

Close examination of the behavior of the measured data
and the results predicted for the deduced values of o [expres-
sion (3)] reveal that the measured real and imaginary parts of
the admittance cannot be accurately modeled by adjusting
the effective flow resistivity in expression (1).** A particular
value of the flow resistivity in the original Delany and Baz-
ley formula [expression (1)] can only provide a satisfactory
fit to the experimentally determined values of either the real
or imaginary part of the admittance. An alternative® is to
modify expression (1) by adopting two different values of
the effective flow resistivity (o) and (o;) which allows a
more accurate and simple method of predicting the real and
imaginary parts of the acoustic impedance of fine sand at an
arbitrary degree of the water saturation. It is straightforward
to apply a least-mean-squares (Ims) regression analysis and
expression (1) to find the optimal flow resistivity values that
would provide the best fits to the measured real and imagi-
nary parts of the acoustic impedance. Applying the Ims re-
gression to (1) we find that the real part of the impedance is
best predicted with the following value of the effective flow
resistivity:

N
E f;;leS(Re Zexpm ~ 1)
m=1
N : 4)

log o = 075 log

Similarly, the best fit value of the flow resistivity for the
measured imaginary part of the impedance is
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Here a=5.11X1072, b=7.683X 1072, N is the number of
data points in the impedance spectrum and z.,, is the
measured surface impedance at the frequency f,,. Expres-
sion (1) can now be modified to include the two separate
values of the flow resistivity, i.e.

-0.75 -0.73
1000f> - i11.9< IOOOf) . (6)

OR

=1+ 9.08(
gy

We will call expression (6) the modified Delany and Bazley

model.

C. Two-parameter Attenborough model

An alternative practical method to predict the acoustic
properties of porous ground is to use the two-parameter
model proposed by Attenborough.23 This model requires a
knowledge of the effective flow resistivity (o,) and the ef-
fective rate of change in the porosity with the layer depth

(a,)
T '(0 4364/ £ +9.75 /f) (7)
- =1 . - . o .
f f (o

The effective flow resistivity in the above model can be ad-
justed to match the measured data for the real part of the
acoustic impedance. In order to match the measured data for
the imaginary part of the acoustic impedance the effective
rate of change in porosity can be adjusted. We can use ex-
pression (7) and the Ims method to determine the values of
o, and ¢, so that

2,=0.436
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TABLE II. The deduced values of the effective flow resistivities in the modified (two-parameter) Delany and Bazley model [expression (6)].

Effective flow

Effective flow

Degree of resistivity resistivity Error in the Error in the
saturation (og), (ay), real part imaginary part
Material % kPas m™2 kPas m™> (Eg),% (E),%
Coarse sand 0 112.5 106.4 47.2 18.6
11 224.1 134.8 47.6 26.2
51 835.5 537.0 18.5 34.5
95 2449 1707 37.5 59
Fine sand 0 347.8 276.9 12.1 16.5
15 332.6 448.4 54 15.6
48 367.3 977.4 23.3 4.7
95 123.8 1392 48.7 7.0
N The results of this analysis are compiled in Tables II and
0.436 >, f;: III. Tables II and III also present the relative errors in pre-
el . . . .
log o, =— 2 log{ — (8) dicting the real and imaginary parts of the impedance
2 Reexpn)f” V((Re zey, — Re 2)°)
o exp.m/J m ER - exp th X 100 % and
(Re z¢y)
and f 2
V((Im zgy, — Im 7))
N N (= <;XP > bl L %100 % , (10)
mz
> Im 2, +0.43600° > £, .
a,=— m=1 m=1 (9)  where zy, is the predicted acoustic impedance and (...)

N
9.48, 12
m=1

V. DISCUSSION

The models presented in Sec. IV have been used to de-
duce the relevant nonacoustic parameters of 50 mm-thick
samples of fine and coarse sand in the frequency range of
200-1600 Hz for three different degrees of saturation, S
<95% and in the frequency range of 400—1600 Hz for S
=95%. In the case of the modified Delany and Bazley model
[expression (6)] the deduced parameters were the two values
of the effective flow resistivity [expressions (4) and (5)]. In
the case of the two-parameter Attenborough model [expres-
sion (7)] the deduced parameters were the effective flow re-
sistivity [expression (8)] and the effective rate of change in
the porosity with the layer depth [expression (9)].

stands for arithmetical averaging in the frequency domain.
Figures 9 and 10 present the comparison between the mea-
sured and predicted frequency dependent behavior of the
acoustic surface impedance for the four selected degrees
of water saturation. The predictions were obtained using
expressions (6) and (7) and the corresponding values of
the microstructural parameters listed in Tables II and III.

The results show that changes in the degree of saturation
strongly affect the values of the microstructural parameters
in the considered impedance models. In the case of the modi-
fied Delany and Bazley model there is a progressive discrep-
ancy between the values of the flow resistivity required to
provide the best fit to the measured real and imaginary parts
of the acoustic impedance. Specifically, in the case of coarse
sand at §=95%, the ratio of o;/or=7. In the case of fine
sand at the same degree of saturation this ratio is o;/op
~12. This effect cannot be accounted for by the original
Delany and Bazley formula [expression (1)]. In the case of

TABLE III. The deduced values of the effective flow resistivity and rate of change in the porosity in the

two-parameter Attenborough model [expression (7)].

Effective flow

Effective rate

Degree of resistivity of change in Error in the Error in the
saturation (a,), the porosity real part imaginary part
Material % kPas m™> (a,), m™! (Eg),% (E)), %
Coarse sand 0 48.2 -13.5 41.1 30.0
11 106.6 -82.3 375 30.1
51 472.6 -140.9 12.9 21.5
95 89.9 1285 41.9 5.9
Fine sand 0 145.5 =27.7 5.9 8.4
15 144.2 132 10.5 9.8
48 150.5 623 28.5 6.7
95 40.9 1126 52.7 7.7
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fine silica sand there is a simple relationship between the
deduced effective flow resistivities (o}, o) and the degree of
saturation (S) as presented in Fig. 8. As a result two empiri-
cal relations have been proposed22

;=131 X 10*S+2.33 X 10° Pasm™> and

-1072S+1. (11)

Modified formulae (6) and (11) seem to be accurate to better
than 50% when used to predict the acoustic impedance of
fine sand within the frequency range considered in this work.
In general, the model appears more accurate in predicting the
behavior of the imaginary part of the acoustic impedance at
frequencies above 300—400 Hz. Specifically, there is a re-
markably good fit with E;<10% between the measured
and predicted imaginary part for S=95% in the case of
coarse sand and for S=48% and 95% in the case of fine
silica sand (see Table IT and Figs. 9 and 10).

A similar accuracy of prediction can be achieved by us-
ing the two-parameter Attenborough model [expression (7)].
The results shown in Table IIT suggest that the effective flow
resistivity and rate of change in the porosity used by the
Attenborough model can be adjusted to capture the basic
behavior of both the real and imaginary parts of the acoustic
impedance of partly saturated sands investigated in this work

(TR/0-1=
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in the adopted frequency range of 200—1600 Hz. The rela-
tionship between the degree of saturation and the two micro-
structural parameters used in the Attenborough model is
complex. There seems to be a gradual increase in the de-
duced value of the effective flow resistivity for S<50%. At
the high degree of saturation of 95% a sudden reduction in
the flow resistivity can be observed. It is interesting to note
the progressive increase in the modulus of the deduced value
of @, with the increasing degree of water saturation (see
Table III). We note also that the effective rate of change in
the porosity is able to take either positive or negative sign
which is equivalent to the positive and negative porosity gra-
dients across the sample depth, respectively. In the case of
coarse sand this change is from the negative to positive and
it occurs between S=51% and $S=95%. In the case of fine
silica sand the negative sign of «, changes to positive be-
tween S=0% and S=15%. In the case of coarse sand the
accuracy of the Attenborough model estimated according to
formulae (10) in the frequency range of 200-1600 Hz is
better than 42% (§=95% ). In the case of fine silica sand this
model is able to predict the imaginary part of the impedance
to within better than 10%, but it seems less accurate in pre-
dicting the real part for which the discrepancy between the
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FIG. 9. The measured and predicted frequency dependence of the normalized surface impedance of a 50 mm layer of coarse sand.

measured data and the model increases progressively with
the increasing degree of saturation (Ez=5.9% for S=0% and
Er=52.7% for S=95%).

We note that the real part of the effective flow resistivity
for coarse sand has a peak value at 51% saturation which is
predicted by the modified Delany and Bazley (Table II) and
two-parameter Attenborough (Table IIT) models. The pen-
etration depth [1/k(w,S)] in coarse sand is greater than the
thickness of investigated sample. As a result, the measured
acoustic surface admittance of coarse sand is controlled by
the expression By(w,S)=B(w,s)tanh(ik(w,S)d) rather than
Bw,S)=B(w,s), where d is the mean water level below the
sample surface and B(w,s) and k(w,S) are frequency/
moisture dependent characteristic admittance and wave num-
ber in sand, respectively. The frequency-dependent behavior
of By(w,S) is likely to be the combination of the change in
the mean water level and size distribution of open, intercon-
nected pores. Such a behavior of the surface impedance, par-
ticularly at the low frequencies (see Fig. 9 and 10), is diffi-
cult to predict theoretically because of the lack of
microstructural data. Although not reported in detail here,
attempts have been made to apply other multiple parameter
models for the acoustic properties of rigid frame porous me-
dia, (e.g. Refs. 19, 24, and 25). It has been found that inclu-
sion of more detailed microstructural parameters does not
offer any significant improvement in the fit to the experimen-
tal data for materials with S>10% —15%. This can be attrib-
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uted to two main reasons: (i) in the low frequency range the
rigid frame approximation is no longer valid because the
effect of the frame vibration on the acoustic admittance is
comparable with that of the viscous friction in the oscillatory
two-phase flow in the partly saturated material pores (see the
low frequency behavior of the impedance shown in Figs. 9
and 10) and (ii) wet sandy soil is no longer a homogeneous
porous material but a patchily saturated medium with a com-
plex combination of water-blocked and open interconnected
pores resulting in the complicated variation in the deduced
values of o,, a,, o and oy (see Tables II and IIT).
Moreover, it is uncertain whether models that allow for
an elastic frame are able to offer any advantages. Recent
attempts (e.g., Johnson,'” Tserkovnyak26 and Umnova®’)
have illustrated the problems in applying the full Biot formu-
lation to predict low frequency sound propagation in a partly
saturated porous medium. Difficulties arise due to the lack of
reliable data on the poro-elastic structure and on the nature of
the mechanical bonds between individual, wetted particles.
The distribution of water in the sample and the connectivity
of air-filled pores cannot be easily characterized. This leads
to problems in determining the sign and value of the porosity
and permeability gradients, which are likely to change as the
water is progressively extracted from the sample. There is
also a considerable uncertainty about the mean water level in
the sample when the water is removed from the larger and
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FIG. 10. The measured and predicted frequency dependence of the normalized surface impedance of a 50 mm layer of fine silica sand.

smaller pores which are often interconnected. From the
acoustical point of view, a layer of partly saturated sand in
the impedance tube appears to be neither hard backed nor
semi-infinite.

VI. CONCLUSIONS

An experimental facility has been developed and used
for the first time to study the effect of moisture on the acous-
tic admittance of porous sands and sandy soils with the pre-
cisely controlled degree of water saturation. It has been
shown that the acoustic behavior of partly saturated sandy
soils is a very complex phenomenon which cannot be simply
predicted.

Specifically, it has been shown that small (10%-20%)
variations in the pore moisture content can result in consid-
erable variations in the measured surface acoustic admittance
of the porous soil. In the case of coarse sand a change from
the dry state to the 11% saturated state results in 100% de-
crease in the real part of the surface admittance at frequen-
cies close to 1000 Hz. In the case of fine silica sand a similar
reduction in the admittance is observed when the degree of
saturation increases from 0% to 29%.

It has been shown that the range of values of the effec-
tive flow resistivity required to model the acoustic behavior
of coarse and fine sands is considerable. As the degree of
water saturation of fine sand increases from 15% to 95% the
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value of the optimal effective flow resistivity used in the
original Delany and Bazley model increases eightfold. In the
case of coarse sand the same change in the degree of water
saturation results in a 17-fold increase in the effective flow
resistivity. According to the new EU HARMONOISE predic-
tion method’ this increase is equivalent to the change from
the normal uncompacted ground (80 kPasm™) to com-
pacted dense ground (2000 kPa s m~2). This range implies a
significant uncertainty when modeling ground impedance
with a single effective flow resistivity. It is proposed that the
effect of moisture should be accounted for in the Standard.

It has been shown that the Delany and Bazley model in
its original form is not able to predict the frequency depen-
dence of both the real and imaginary parts of the admittance
of water-saturated samples of sand. In the case of fine sand
the prediction error can exceed 700%. Moreover, below
300 Hz the measured admittance data for coarse sand shows
distinctive frame resonance behavior. In the case of coarse
sand the resonance frequency of frame vibration is in the
range of 90—190 Hz. In this regime the rigid frame approxi-
mation is no longer valid and a new model is needed to
account for the following effects: (i) viscous absorption in
partly saturated pores; (ii) the vibration of the top unsatur-
ated layer of sand; (iii) the moisture-dependent stiffness of
contact points between the grains; (iv) surface tension of
water in the closed pores.
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A modified two-parameter form of the Delaney and Ba-
zley expression for the characteristic impedance [see expres-
sion (6)] has been suggested introducing two different values
of the effective flow resistivity, o and oy, for the real and
imaginary parts, respectively. It has been shown that at par-
ticular high saturation states, e.g. for §=95%, there is the
requirement for o;= 120%. Linear regression formulas have
been presented to deduce the best fit values of these two flow
resistivities from the measured acoustic impedance data [ex-
pressions (4) and (5)]. In the case of fine silica sand it is
possible to relate the two flow resistivities directly to the
degree of water saturation [expressions (11)]. The new em-
pirical expressions offer a considerable improvement in
terms of the accuracy of the impedance prediction of better
than 50%.

The performance of the two-parameter Attenborough
model in the frequency range of 200—1600 Hz has also been
studied. Two regression formulas [expressions (8) and (9)]
have been proposed to deduce the best fit effective flow re-
sistivity and the rate of porosity change from the measured
real and imaginary parts of the acoustic admittance. It has
been shown that the model is capable of predicting the im-
pedance of partly saturated coarse and fine silica sand with
accuracy of better than 53%. On the basis of the data re-
ported here, the two-parameter Attenborough model should
be regarded as a better alternative to the original Delany and
Bazley single-parameter model advocated in the HAR-
MONOISE prediction method as it is able to provide useful
indications of the value and sign of the porosity gradient in
partly saturated porous soils.
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Constrained comparison of ocean waveguide reverberation
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Measurements of long-range (order 10* m) shallow-water reverberation in the Straits of Sicily at
900 and 1800 Hz are compared with theoretical predictions. All of the required environmental
inputs for the theory are obtained independently, that is to say there are no free parameters. The
reflection coefficient and the scattering strength are measured by direct path methods; both
quantities show strong frequency dependence. The theoretical reverberation predictions using these
measurements are in good agreement with directional reverberation data, i.e., within the expected
uncertainty bounds. The good agreement suggests that the supporting environmental measurement
techniques are robust and that the physics associated with reverberation in a waveguide is
reasonably well understood, at least in simple environments. The ability to independently measure
the seabed scattering strength and reflection coefficient is a crucial step for the advancement of
inverse methods using reverberation (e.g., rapid environmental assessment) inasmuch as it provides
the means for quantitatively measuring the robustness of those methods. © 2006 Acoustical Society

of America. [DOI: 10.1121/1.2338811]

PACS number(s): 43.30.Gv, 43.30.Ma, 43.30.Zk [AIT]

I. INTRODUCTION

The ability to predict acoustic reverberation in shallow
water ocean waveguides is important for the design and em-
ployment of active sonar. Hence, reverberation models and
measurements have been in development for many decades.
Eyring et al." conducted early measurements of reverberation
at 24 kHz and developed sonar equation models to explain
their observations. They noted that the seabed characteristics
play a significant, often dominant, role in shallow water re-
verberation and analyzed data from seabeds characterized by
rock, mud, and a sand-mud mixture. For the rocky bottom,
they suggested that the bottom backscattering strength is pro-
portional to sin 6, where 6 is the grazing angle. Urick?® con-
ducted shallow water measurements at nearly the same fre-
quency, making the tacit assumption that scattering strength
is independent of grazing angle and showed that the bottom
scattering over a sandy site is roughly isotropic in azimuth.
MacKenzie concluded” that the scattering strength was inde-
pendent of frequency over seven octaves (later observations,
e.g., Refs. 4 and 5, show a much richer frequency and graz-
ing angle dependence than was concluded from the early
measurements) and developed an energy flux type model® in
integral form using a scattering kernel (w sin 6;sin”6,) where
0; and 6, indicate incident and scattered angles, respectively.

Over the years, modeling advancements were made us-
ing a variety of approaches, including: energy flux ap-
proaches (e.g., Refs. 4 and 7), normal mode methods (e.g.,
Refs. 8 and 9), ray theory (e.g., Ref. 10), and the parabolic
equation (e.g., Ref. 11). Over time, many of these approaches
have advanced to the point where they can treat a variety of
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system and environmental complexities including various
scattering mechanisms, coherence, environmental range de-
pendence, and bi-static geometries. In parallel with the de-
velopment of the models has been an abiding interest in us-
ing the models to extract environmental information; most
frequently scattering strength (e.g., Refs. 3 and 12-14) but
also the reflection coefficient (or equivalently sediment geoa-
coustic properties), e.g., Ref. 15.

An important goal for both the modeling and inversion
communities is a constrained comparison of the models with
measurements, “constrained” meaning that the environmen-
tal variables are obtained independently. Such a comparison
has not yet been made to the author’s knowledge, and is the
objective of this work.

The importance of such a comparison is that it is a fun-
damental step for both the modeling and environmental mea-
surement communities to help demonstrate the validity of the
theory and the experimental techniques. It is clearly also a
foundational step for the development of inverse methods
(such as rapid environmental assessment and through-the-
sensor environmental measurement strategies) inasmuch as
there must be some way to judge the “success” or “failure”
of such methods. As an example of potential failures in scat-
tering strength inversion is that large biases may occur when
the incorrect scattering kernel is assumed.'®

If one were attempting solely a model validation, a
scaled tank experiment would be an attractive approach.
However, in this case, since we wish to draw on environmen-
tal measurement techniques, an at-sea experiment is desir-
able. From the experimental side, our approach was to con-
duct the experiment in relatively simple conditions, i.e., few
biologics, low sea state, and nearly range independent
bathymetry and geoacoustic properties. This permits the test-
ing of one aspect of the theory, bottom reverberation, which

© 2006 Acoustical Society of America



is generally viewed as the most important and least under-
stood component of reverberation. From the modeling side,
the energy flux approach was selected for the theoretical pre-
dictions. While there are no generally agreed upon “bench-
mark” solutions as yet for waveguide reverberation prob-
lems, the energy flux and normal mode approaches have
been shown to be in agreement.17

The paper is organized in the following way. In Sec. II
the theory of reverberation from a waveguide is reviewed. In
conjunction with discussion of the theory, the approach for
the constrained model-to-data comparison is explained in
more detail. Following a review of the experiment site and
its characteristics in Sec. III, the long-range reverberation
measurements are described (Sec. IV). Sections V and VI
describe the required environmental measurements, seabed
scattering and reflection, respectively. In Sec. VII, a compari-
son is made between the measured data and theoretical pre-
dictions, where it is shown that the theory and data agrees
well within the expected uncertainty bounds.

Il. THEORY AND APPROACH
A. Reverberation in a waveguide

The reverberation in an isovelocity waveguide, assum-
ing many propagating modes, can be written

N 0. 0. (y+y2
I=Ioe_4ﬁr ﬂ-f f f M(ei’ 00’ ¢)
0 0
)

H%r 2 2
XR(el)r lanﬁl-/HR(ao ”anoo/Hdﬁidﬁod¢>, (1)

where 1, is the source intensity; [ is the attenuation in the
seawater (see Appendix); r is range; N is the number of
insonified patches (i.e., N=2 for an array of linear elements
in a homogeneous environment except at end fire where N
=1); ¢ is the steering direction; vy is the horizontal beam-
width; ¢ is the sound speed, 7 is pulse length; H is water
depth; 6, is the critical angle; and M is the scattering kernel
which depends upon incoming and outgoing vertical angles,
0;, 6, and azimuthal angle ¢, and R is the plane wave pres-
sure reflection coefficient.

When the intensity reflection coefficient is approximated
as, R>~exp(—a#) (sometimes called the Weston a, e.g., Ref.
18 which he employed for propagation modeling), then the
reverberation'® can be written (e.g., Refs. 4 and 7)

N cr (P (O (o2
I=Ioe—4ﬁr_2_J J f M(Gi, 00,¢)
Hr2Jy Jg /2

e PP H16,46,dp. 2)

where the small angle approximation 6~tané has been
made. From Egs. (1) and (2) note that in order to predict
seabed reverberation, both the seabed reflection coeffi-
cient and the scattering kernel must be known. In the fol-
lowing section we develop a parametrization for the scat-
tering kernel M.

B. Parametrization of the scattering kernel

In this section we consider the dependence of the scat-
tering kernel on parameters that can be extracted from the

measurements. One could either use parameters based on
scattering theories, or upon empirical relations. Ideally, it
would be preferable to use a theoretical scattering kernel,
however, it is more convenient here to use empirical scatter-
ing laws. This is because the empirical laws provide flexibil-
ity in treating arbitrary angular dependencies in the scatter-
ing kernel, whereas most of the current theories (e.g.,
perturbation theory) have a prescribed angular dependence
below the critical angle (e.g., sin*#).

1. Generalized scattering kernel

Closed form expressions for the reverberation exist for
several forms of empirical scattering kernels, and in particu-
lar forms that are separable in terms of the incident and scat-
tered angle. For example, Zhou and Zhang'4 assume an iso-
tropic scattering kernel that has symmetry in the incident and
scattered angle dependence

M = p sin”6;sin" 6, (3)

and obtain a far-field, high frequency approximation for the
reverberation, valid when
ar&f

f=— =1 (4)

Harrison’ finds closed form solutions valid at all ranges and
frequencies for Lambert’s law [n=1 in Eq. (3)] and for
angle-independent scattering M = u. He also gives a far-field,
high frequency approximation for the Lommel-Seeliger law

M = u; gsin O;sin 6,/(sin 6; + sin 6,). (5)

In practice, we would like to have a scattering law as general
as possible. To this end, we can generalize the scattering
laws to allow the form

M = p sin"fsin"6,, (6)

where m and n can vary independently20 between 0 and 1.
The reverberation can be written as a generalization of solu-
tions in Ref. 7 as approximately (within a few tenths of a dB
to the exact solution at all ranges):

1= e—4ﬁr(l> Yoo Nu yer
¢ 2H R L)
X (1 - e erf(VOTH, (7)
where p=1+n/2+m/2 and
er=exp[(- 1/2+]j - 1/2)13] (8)

for j=n,m.

2. Vertically bistatic versus monostatic angles

One interesting characteristic of the reverberation is that
it turns out not to be sensitive to the details of the scattering
law in terms of the dependence on the incident and scattered
angles. This can be seen in Eq. (7) where all the terms de-
pend upon the sum of the powers, except for g,,,, which is
nearly unity for all m,n. So, for example, the scattering func-
tion M= sin'?6; sin'’? 4, gives almost exactly the same re-
verberation as M= sin 6, except for a small (0.7 dB) dif-

J. Acoust. Soc. Am., Vol. 120, No. 4, October 2006 Charles W Holland: Constrained comparison of reverberation theory-observations 1923



ference due to e. Another way to say this is that incoherent
reverberation in a waveguide is dominated by backscattering;
the vertically bistatic paths do not contribute significantly.

This is an important point for purposes of this paper,
because in practice it is very difficult to directly measure the
dependence of seabed scattering upon vertically bistatic
angles. While measuring the vertically bistatic scattering
strength is possible at relatively high angles in deep21 and
shallow water,” it is very difficult to measure the vertical
bistatic angle dependence at low angles because of hybrid
multipaths (see Figs. 2,3 in Ref. 5). Thus, Eq. (7) indicates
that measuring the backscattering strength is sufficient for
modeling reverberation and the errors resulting from not
knowing the precise dependence on incident and scattered
angle are small (less than 1 dB).

Although this conclusion is based on the assumption of a
separable scattering kernel [in the form of Eq. (6)], it appears
that at least for some cases, this conclusion is also valid for
nonseparable scattering kernels. For example, the nonsepa-
rable scattering kernel in Eq. (5) yields reverberation nearly
identical (within a dB or so) to other laws that have the same
backscattering behavior, e.g., M= u sin'’?@;sin'’?6,.

C. Approach

In order to constrain the reverberation model-to-data
comparisons, the seabed reflection coefficient and the scat-
tering kernel must be obtained. Our strategy is based on lo-
cal, or single seabed interaction, measurements. The general
idea is to measure the seabed scattering strength within a
given patch and measure the reflection coefficient along the
source-to-patch-to-receiver path. Measured directional rever-
beration at a time and azimuth corresponding to the location
of the scattering patch can then be compared with the model
predictions using the measured scattering strength and reflec-
tion coefficient. In practice, we make the comparison for
nine different measurements of reverberation, where the scat-
tering patch is at various ranges and azimuths, in part to
examine possible dependence of scattering strength on azi-
muth. Though the approximations leading to Eq. (7) are use-
ful for understanding the reverberation, the model-to-data
comparisons make no assumptions about the form of R. That
is, Eq. (1) is employed in the model-to-data comparisons,
where the integral is easily evaluated using standard numeri-
cal techniques (in this case Simpson’s rule).

The seabed measurement techniques are briefly outlined
here and then explained in detail in the following sections.
The scattering strength is measured using a direct path
technique5 which yields backscattering strength as a function
of angle and frequency. This technique averages over an area
of the seabed roughly 600 m X 600 m. The location of the
scattering strength measurement is 36.2893N 14.8151E (see
Fig. 1). The measured scattering patch, with respect to the
source-receiver location for the nine reverberation pings, var-
ies from approximately 9—13 km and 110—160° in azimuth.

The seabed reflection coefficient is also measured using
a local, direct path technique, described in Ref. 22 which
effectively averages over an area of roughly 500X 100 m
(the dimensions depending on frequency, i.e., Fresnel zone

36.8

36.7

36.6
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w
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14.2 5 . 14.8
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FIG. 1. Map of experimental area in the Straits of Sicily (Malta Plateau).
Depths are in meters and were taken from historical soundings, except for a
small section along the Ragusa Ridge between about 36.3 and 36.5° N.
Shot locations are shown by x. The reflection (°) and scattering (¢ ) experi-
ment sites are also indicated.

width). The location of the measurement is shown in Fig. 1
and was selected to lie along the reverberation track. We
make the assumption that the seabed reflection coefficient is
constant along the track and from the track to the scattering
patch. This assumption is based on a study of seabed
Variability,23 that showed that this area is very nearly homo-
geneous with respect to the seabed properties ratio w/a?.
While it is possible that this ratio is constant because
changes in u are always offset by changes in «a, a simpler
and more reasonable explanation is that the two quantities
are nearly constant. Thus, we assume that the reflection co-
efficient varies slowly across that region (later we will show
that this is a good assumption).

The theory [Eq. (1)] requires R and M over the angular
range from 0° up to 6. In practice it is difficult to measure
very low grazing angles from direct path measurements.
Thus, the data are extrapolated in angle using models. For
the reflection coefficient, a geoacoustic model derived from
the reflection measurements is employed to extrapolate the
measurements from the lowest angle of observation, ~8.5°,
down to 0°. For the scattering strength, an empirical model is
used to extrapolate the observations from the lowest angle of
observation, 9° at 900 Hz and 5° at 1800 Hz, down to 0°. An
important aspect of the extrapolation is that only the obser-
vations of R and M are used for the extrapolation (and not
the reverberation).

lll. DESCRIPTION OF ENVIRONMENT

The Malta Plateau (see Fig. 1) in the Straits of Sicily
occupies the northern edge of the North African passive con-
tinental margin and is a submerged section of the Hyblean
Plateau of mainland Sicily. A discussion of the geology of
this area, along with seismic reflection data and core data can
be found in Refs. 24 and 25. The region is divided by the
Ragusa Ridge, which forms a spine ~15 km wide between

1924 J. Acoust. Soc. Am., Vol. 120, No. 4, October 2006 Charles W Holland: Constrained comparison of reverberation theory-observations



50

Depth

100

150
1505 1510 1515 1520 1525
Sound Speed (m/s)

FIG. 2. XBT measurements at the beginning (black) and end (gray) of the
reverberation track (see Fig. 1). Source depth is nominally 91 m.

Sicily and Malta. The ridge has exposed rock (presumably
limestone) on its eastern and western edges. West of the
ridge the seabed is blanketed with silty-clay sediment layer
that is roughly 0.25 m thick at water depths of 130—150 m.
Below the silty clay, there is a thick (several hundred meters)
sequence of unconsolidated sediments.

Sound speed profiles were collected using expendable
bathythermographs (XBTs, see Fig. 2) at the beginning and
end of the track. The profiles are slightly downward refract-
ing with a gradient of ~0.02 s~!. Model predictions show
that the effect of this gradient on reverberation is negligible.
Wind speed was generally less than 6 knots and the mean
rms wave height, measured with a waverider buoy, was
0.16 m with a standard deviation of 0.007 m. We assume
that under these calm conditions, the sea surface can be
treated as a smooth pressure release interface. Measurements
with a normal incidence Simrad EY-500 sonar indicated that
there were very few fish schools in the area during the mea-
surement evolution.

IV. REVERBERATION MEASUREMENTS

Broadband directional reverberation data were collected
in April 14 1998 during the SCARAB98 experiment (see “x”
in Fig. 1). Impulsive sources were employed (Mk61 Sound
Undersea Signal, SUS) at 91 m depth approximately every
5 min along each track (see Fig. 1). The SUS were launched
from the vessel and initiated within a few hundred meters of
the receiver. In the modeling, the geometry is assumed to be
monostatic, which is a reasonable approximation given that
the ranges of interest are greater than 8 km. Source levels
were obtained from empirical equations.26

The receiver was a three-aperture nested horizontal array
consisting of 256 elements with element spacing of 0.5, 1
and 2 m towed at a depth of ~50 m. Data from the 0.5 m
aperture are used in this analysis. The data were digitized at
6000 Hz sampling rate and the data were time-domain beam-
formed with Hanning shading. The data were incoherently
averaged in frequency in 100 Hz bands from 100 to
1800 Hz.*” In the processing, an integration time of 0.25 s
was employed, which corresponds to a radial patch dimen-
sion of about 200 m. The range to a particular scattering
patch was estimated by r=c,,t/2 where c,, was computed
from the measured sound speed profile.

05

Time re trigger (sec)
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FIG. 3. Raw time series from the seabed reflection experiment. The first
group of arrivals (minimum arrival time of 0.1 s) corresponds to the direct
and single bottom bounce paths. The next group of arrivals (minimum ar-
rival time of 0.28 s) corresponds to paths with one surface reflection.

For the measurement geometry there is slight range de-
pendence in the bathymetry (3—4 m over 10 km) which is
taken into account, however, the predicted reverberation is
nearly identical (within a few tenths of a dB) to a range
independent environment.

V. REFLECTION COEFFICIENT MEASUREMENT

The spherical wave reflection coefficient R, was mea-
sured using a direct path (single-interaction) technique with a
towed source and a single fixed omni-directional hydro-
phone. The source was marine seismic boomer (GeoAcous-
tics Uniboomer Model 5913B) which has a highly repeatable
broadband pulse, pulsed once/s. The data have been deci-
mated by a factor of 2 for the analysis here.

The receiver was a single sonobuoy 11 m above the sea-
bed. The data were sampled at 48 kHz in the buoy and tele-
metered to the R/V Alliance. Both the source trigger and the
data acquisition were driven by the same GPS clock to elimi-
nate synchronization problems and to allow geometry recon-
struction using time of flight. Details on the measurement
and processing techniques can be found in Refs. 22 and 28.

The location of the reflection measurement is shown in
Fig. 1. The raw reflection time series data are shown in Fig.
3. The first group of arrivals (minimum arrival time of 0.1 s)
corresponds to the direct and single bottom bounce paths.
The direct path data are processed to obtain source calibra-
tion as a function of angle and frequency. The first bottom
bounce paths arrivals are integrated and the ratio (with ge-
ometry and transmission corrections) is the bottom reflection
coefficient (see Ref. 28 for details in the processing). The
measured reflection loss (BL=-20log |R,|) is shown in
Fig. 4.

In order to obtain an estimate of the geoacoustic prop-
erties, a time domain method® was employed that yields
thickness and interval velocity in each layer that is tempo-
rally resolved by the pulse. Studies with synthetic data have
shown that the velocity and thickness estimates obtained by
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FIG. 4. Seabed reflection loss measurements (x) on the Malta Plateau (see
Fig. 1 for location) processed in 1/3 octave bands. Model predictions (—)
are also shown for the geoacoustic model in Table I.

fitting hyperbolas to the arrivals are typically within a few
percent of the correct values. The data and the hyperbolic fits
are shown in Fig. 5 for the upper three and upper six sedi-
ment layers where the data are plotted in reduced time (see
Ref. 22) which essentially removes the hyperbolic depen-
dence on range. The estimated interval velocities for each
layer are given in Fig. 5(b) and Table I. In addition to layer
thickness and velocity, density and compressional wave at-
tenuation estimates are required. Density was obtained using
empirical velocity-density relations.”’ Gravity core data indi-
cated that the fine-grained mud layer, with a velocity of
1480 m/s, was about 25 cm layer at this site. This layer was
included in the geoacoustic model (see Table I). The attenu-
ation in the layers below the fine-grained mud layer was
obtained by fitting the predicted reflection coefficient (below
15°) with the measured data. A single attenuation value was
employed for all layers. A least-squares procedure was used
and the sum of the variances over the three frequencies as a
function of attenuation is shown in Fig. 6, where a clearly
defined minimum is evident at 0.165 dB/m/kHz.

The measured data are spherical wave reflection coeffi-
cients, defined as the ratio of the reflected to the incident
pressure from a point source

s

D i .
R(0) = —pik f 27 1 (kr cos O)R(B)e™ <05 Ueos gda, (9)
€ 0

where D is the path length along the seabed reflecting path,
and k is the wave number. The plane wave reflection coeffi-
cient R was calculated from the geoacoustic model of Table
I, and the resulting predicted spherical wave reflection coef-
ficient is compared with the measurements in Fig. 4. The
most important angles for long-range reverberation are at
low angles, i.e., below the critical angle. The reflection co-
efficient model-to-data agreement is reasonably good. We
use the geoacoustic model to generate the plane-wave reflec-
tion coefficient, Fig. 7, which will be needed later on (Sec.
VII) for the reverberation model-to-data comparison.
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FIG. 5. Reflection time series (blue) and hyperbolic fits (red) for: (a) upper
three layers, (b) upper six layers. The reducing velocity was 1512 m/s.

VI. SCATTERING STRENGTH MEASUREMENT

The scattering kernel M is determined here by direct
path measurement. One of the challenges of measuring the
direct path scattering strength in shallow water is the pres-
ence of multipaths. In order to control multipaths, vertical
directionality is employed in both source and receiver.

The sources are spaced at A/2 and driven in phase to
produce a broad beam in the horizontal direction and nulls in

TABLE I. Geoacoustic model derived from the broadband reflection coef-
ficient data. For the frequencies of greatest interest here, 900— 1800 Hz, only
the upper 3 m play a significant role in seabed reflection.

Thickness Sound speed Attenuation Density
(m) (m/s) (dB/m/kHz) (g/cm?)
B 1512 0 1.03
0.25 1480 0.01 1.39
1.26 1564 0.165 1.65
1.4 1698 0.165 1.96
11 1571 0.165 1.67
5.8 1649 0.165 1.86
10.7 1639 0.165 1.84
1699 0.165 1.96
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FIG. 6. Statistics of the fit between attenuation and the measured intensity
reflection coefficient at the frequencies closest to the measured scattering
strength (1000, 1600 and 2000 Hz). The sum of the variances is over fre-
quency. There is a clear well-defined minimum at 0.165 dB/m/kHz using
the velocities, densities and layer thicknesses of Table 1.

the vertical. This helps reduce or eliminate so-called “fath-
ometer” returns or returns from bottom or subbottom reflec-
tions. Two source pairs are used, Mod30s at 900 Hz and ITC
4001 at 1800 Hz. The receiver was a vertical array of 32
Benthos AQ-4 hydrophones with 0.18 m spacing; the data
are sampled at 12 kHz. The vertical receive array and
sources were deployed with the center of the receive array
34 m above the seabed and the vessel drifted at speeds of
less than 0.5 m/s. Beam forming permits separation of sea-
bed scattering from volume and/or sea surface scattering
(within the spatial/temporal resolution of the experiment). A
more detailed description of the experiment design, the data
processing, and source calibration can be found in Ref. 5.

The reverberation theory requires the scattering kernel
down to 0°, so the measurements must be extrapolated using
a model; in this case an empirical is employed of the form of
Eq. (6) with m=n. An important consideration when attempt-
ing to determine the scattering law for long-range reverbera-
tion is that only backscattering data at angles that contribute
to the reverberation should be considered. This is important
because the scattering mechanism (and hence the angular
dependence) can change with grazing angle. For example,
Ref. 30 showed a considerably different angular dependence
above and below 20° due a change in the scattering mecha-
nism (in that case, the low angles were governed by volume
scattering and the higher angles by basement scattering). In
order to quantify what angles are important, we can show
[using Eq. (1)] that the distribution of intensity in the vertical
is proportional to

1(6,) o sin"™@,R(6,)* % (10)

The predicted intensity distribution in angle for n=m=1 and
n=m=1/2 is shown in Fig. 8. The difference in angular be-

1 1
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FIG. 7. Plane wave intensity reflection coefficient from the geoacoustic
model (Table 1) at (a) 900 and (b) 1800 Hz.

_. 20 20
=) T a) \ b)
b} T~ R
L 10 T~ e 10 = ~T2
2 = =
8’ _____________ -1 Alee— - A
g OoF=f== 2 T T ] Oome=—== = C.C7 T ]
g - -
£ -10 — -0 ==
5 .- =
9 .
-20 -20
0 0.5 1 0 0.5 1

Intensity (arb) Intensity (arb)

FIG. 8. Vertical angle distribution at 9 km, 135 m water depth, at (a)
900 Hz and (b) 1800 Hz. The solid and dashed-dot lines represent a scat-
tered angle dependence of n=1 and n=0.5, respectively.

havior for the two frequencies is due to the frequency depen-
dence of the reflection coefficient (see Fig. 7). In order to not
unduly limit the angles that might be important in the rever-
beration, the angular range for fitting the scattering data to
model was +16° at 900 Hz and *=13° at 1800 Hz corre-
sponding to the 6 dB down points for the widest distribu-
tion (n=1).

Backscattering measurements at the location in Fig. 1,
averaged over 15 pings, are shown in Fig. 9. The data, aver-
aged over 1°, were fit to a model M(6,=0,)=u sin?6, where
g=m+n and u were obtained by a least-squares fit to the
data over the angular range above (x16°,+13°). The result-
ing values are ¢=0.8 at 1800 Hz and ¢g=1.2 at 900 Hz. How-
ever, due to the oscillations in the backscattering data, par-
ticularly a 900 Hz, these results were somewhat dependent
on precisely which upper angle limit was used. For example,
at an upper limit of £14°, g=0.92 at 900 Hz. In general,
what the fitting showed was that at low angles (of impor-
tance to reverberation, i.e., less than ~16°), the value of ¢
~ 1 for both frequencies. The resulting values of the scatter-
ing strength at 900 and 1800 Hz are 10 log;qu=—-45 dB and
—33 dB, respectively, and the resulting scattering kernels are
plotted in Fig. 9.

Given the backscattering kernel derived from the mea-
surements of M(6,=6,)=pu sin 6, we must decide on how to
represent the bistatic scattering kernel, which could be M
= sin'?@;sin'’?6, or M= sinf, or a nonseparable kernel
like the Lommel-Seeliger law [with w=2u;g, Eq. (5)]. Any
of these are possible and there is no convenient way to dis-
tinguish between them, or other candidate laws where n+m
=1. However, it was shown in Sec. II B 2 that the reverbera-
tion is not very sensitive to n and m, but only their sum
which we know is ~1. For example, the reverberation with
M=y sin'?60sin'?6, is less than 1 dB higher than the lowest
reverberation for the candidate models, and less than 1 dB
lower than the highest reverberation for the candidate mod-
els. The highest candidate model is M = sin 6, and the low-
est is the Lommel-Seeliger law. Thus, accepting a minor un-
certainty of +1dB, the scattering kernel M
= sin'?@;sin'26, is employed in the model-to-data com-
parison.

It is interesting to note that in Ref. 31, 800—1400 Hz
reverberation simultaneously received on a vertical and hori-
zontal array in this same geographic area was employed to
try to distinguish between three scattering kernels, m=n=0,
m=n=1/2 and m=n=1. While it was not possible in that
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a)

b)

FIG. 9. Measured backscattering scat-
tering strength (x) with model (solid
gray line) obtained from least-squares
fit to data at: (a) 900 Hz and (b)
1800 Hz over the predicted angle lim-
its (6 dB down points) of the rever-
beration. The gray dashed line shows
the fit extrapolated to higher angles.

-10 -10

& -20 -20

=)

£-30 -30

c

g

& —40 -40

g ~

+ 50 o3 #“ -50

% B N K Z

3 -60f - -60
-70 -70

5 10 15 20 0 5
Angle (deg)

study to definitively distinguish between these scattering ker-
nels, some evidence was found to support the m=n=1/2
case or alternatively a hybrid Lambert/angle-independent
scattering law.

VIl. COMPARISON OF THEORY WITH OBSERVATIONS

In this section we compare the measured reverberation
with the theoretical reverberation [Eq. 1] using the measured/
extrapolated values of the reflection coefficient and scatter-
ing strength. Measured reverberation data at 1800 and
900 Hz are shown in Figs. 10 and 11 for each of the nine
pings of Fig. 1. The time associated with the scattering patch
is shown in the vertical dashed black line. The large arrival at
about 20 s in the first few pings is associated with the Ra-
gusa Ridge (Fig. 1).

Also shown in Fig. 10 are the theoretical predictions
(dotted red line) based on the measured reflection coefficient
and scattering kernel. The red solid line includes noise,
which was taken from a 5 s average before the ping. It is
useful to see the reverberation both with and without noise in
order to ensure that the reverberation-to-noise level is suffi-
ciently high that the comparison is meaningful. Note that the
reverberation-to-noise level is high on all pings and the
model predictions agree very closely with the measurements.

©
o

10 15 20
Angle (deg)

The key point to note is that the agreement is good where the
beam from the long-range reverberation data intersects with
the measured scattering patch (indicated by vertical dotted
line). The fact that the model to data agreement is good at
other ranges means that the scattering strength and the reflec-
tion coefficient are nearly constant over this area.’” Also
shown in Fig. 10 are the predictions with the commonly used
Lamberts law, [Eq. (6)] with m=n=1] where u was fit to the
scattering data of Fig. 9. Note that Lambert’s law is not
correct, and is about 5—6 dB too low.

Theoretical predictions at 900 Hz based on measured
reflection and scattering m=n=1/2 also agree well with the
observations (see Fig. 11). It is useful to examine the model-
to-data comparison for the measured scattering kernel ping
by ping to determine if there is any systematic dependence
upon azimuth or range, i.e., determine if the scattering
strength has any detectable azimuth dependence and/or the
reflection coefficient has any detectable range/azimuth de-
pendence. Figure 12(b) shows the model-to-data comparison
at 900 and 1800 Hz for each ping. For each ping the pre-
dicted reverberation is subtracted from that measured, where
the measured reverberation has been averaged over a patch
size roughly comparable to that measured in the scattering
strength experiment. At 900 Hz, the measured reverberation
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FIG. 10. Comparison of measured reverberation (black
line) at 1800 Hz vs theoretical predictions using mea-
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sured reflection coefficient and backscatter data. The
nine panels represent the nine pings shown in Fig. 1
from south to north. The dotted red line is for the mea-
sured scattering kernel [Eq. (6) m=n=1/2], the dotted
green line is for Lambert’s law [Eq. (6) m=n=1]. The
solid lines include the effect of noise and aid in deter-

mining where the data and model are dominated by
noise. The location in time corresponding to insonifica-
tion of the measured scattering site is shown by the
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patch sizes are roughly 500X 600 m and at 1800 Hz, 250
X 600 m. The main point in this plot is that the theory and
measurement agreement is good at both frequencies. Also
note that at 900 Hz the randomness of the model-data differ-
ences indicates that the scattering strength/reflection coeffi-
cient has no significant azimuthal/range dependence. At
1800 Hz, there is a possible trend between 140 and 160°
azimuth, but the angular region is too small to make a de-
finitive conclusion.

As a conservative estimate of uncertainties, we expect
that the measured reverberation, scattering strength and re-
flection data all have roughly a 2 dB uncertainty (from
source level and calibration uncertainties), the precise scat-
tering law (unknown m, n) has another 1 dB. If it is assumed
that the uncertainties are uncorrelated, we expect an overall
+3 dB uncertainty. The residual error generally is less than
the expected uncertainty [see Fig. 12(b)].
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FIG. 12. Reverberation model to data comparison: (a) geometry, i.e., range
and azimuth for each ping and (b) model-to-data differences (data minus
model) at 900 Hz (o) and 1800 Hz (x) at the scattering measurement loca-
tion.
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VIIl. DISCUSSION
A. Constrained comparison

In an “ideal” (but perhaps not experimentally viable)
reverberation data-to-model comparison, the reflection coef-
ficient and scattering kernel would be measured from 0° to
the critical angle. In the case here, the reflection coefficient
and scattering kernel are measured over part of that angular
region and models are used to fit the data and extrapolate
them across the entire angular range.

For the case of the reflection coefficient, R, a physics-
based approach using a geoacoustic model was employed to
extrapolate down to lower angles. One parameter in the
geoacoustic model (attenuation) was obtained by least-
squares fitting to the observed R. For the scattering kernel, an
empirical model was used and parameters ¢ and u were ob-
tained by a least-squares fit to the scattering data. Thus in
both the reflection coefficient and the scattering kernel model
there are free parameters that are obtained from the respec-
tive measurements. However, the key point is that neither
model employed reverberation data as part of the parameter
estimation. Thus, we term the comparison of predicted and
observed reverberation constrained in the sense that none of
the reverberation model inputs (reflection coefficient or scat-
tering kernel parameters) were obtained using the reverbera-
tion data. It is also in this sense that we say that there were
no “free” parameters, it means that in the reverberation
model-to-data comparisons the inputs were fully determined
independently of the reverberation data.

B. Physics-based versus empirical models

The choice of whether to use a physics-based model or
an empirical model depends in part on the amount of infor-
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mation available about the required inputs. For example, a
physics-based model could be used for M, but it is not clear
if fitting the (generally unknown) parameters controlling vol-
ume scattering and roughness would lead to a more satisfac-
tory fit (or any new information) than contained in the em-
pirical model used here.

Generally, however, a physics-based model may be pref-
erable, since the extrapolation in angle may be more robust
than for an empirical model. Another advantage of a physics-
based scattering model (that treats a multilayered seabed), is
the potential for a self-consistent description of the environ-
ment. In other words, the scattering model includes the same
underlying physics (i.e., sediment layer reflectivity, absorp-
tion) as the reflection model. We see this as an important
future goal of reverberation measurement and modeling stud-
ies.

IX. SUMMARY AND CONCLUSIONS

Comparisons are made of theoretical predictions of
monostatic waveguide reverberation with measured direc-
tional reverberation in the Straits of Sicily. The theory re-
quires knowledge of the environmental variables including
the sound speed profile, water depth, seabed scattering
strength and seabed reflection coefficient which are all ob-
tained independently. The theoretical predictions show good
agreement with the measured data (see Figs. 10-12), i.e.,
within the uncertainty bounds.

This result is important because it is a fundamental step
for both the modeling and environmental measurement com-
munities to help demonstrate the validity of the theory and
the experimental techniques. It is clearly also a foundational
step for the development of inverse methods (such as rapid
environmental assessment and through-the-sensor environ-
mental mapping strategies) inasmuch as it opens the door for
a method to measure the “success” or “failure” of such meth-
ods.

Though ostensibly the reverberation model requires
knowledge of the vertical bistatic angle dependence of scat-
tering strength, it was shown that knowledge of the back-
scattering strength is sufficient to characterize the scattering
kernel within relatively small error (about +1 dB). In this
region, the backscattering strength follows a M(6)=uw sin 6
and not Lambert’s law and is a strong function of frequency,
—45 and -33 dB at 900 and 1800 Hz, respectively.
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APPENDIX: SEAWATER ATTENUATION IN THE
ENERGY FLUX MODEL

The effect of attenuation in seawater is generally treated
as an exponential outside the integral, as in the first term of
Eq. (1), (for example, see Ref. 14). However, it is clear that
this is an approximation, inasmuch as individual rays have

different amounts of attenuation depending upon their angle.
Here we provide the “exact” solution for attenuation in the
water column. Assuming that the reflection coefficient can be
represented by R?>~ exp(—a#), the intensity decay as a func-
tion of range can be written as:

e—(a0+2[32H/sin H)r/rL.’ (A 1)

where the factor of 2 in front of 8 comes from the fact that it
is in units of pressure (nepers/m), not intensity, and r, is the
cycle distance

r.=2H/tan 6. (A2)

Using the small angle approximation, sec #=1+6?/2, Eq.
(2) can be written

I=1,exp(-4 )iC—TJQCrCf(MzM(e 6,, )
- Oexp Br H2r 2 0 0 i» Yoo

-v2

Xexp(— art?/2H)exp(— ar2H)d6d0,dp,  (A3)

where

a=a+2BH. (A4)

In other words, the effect of the seawater attenuation can be
expressed as two factors: one that depends only on horizontal
range, r, and a perturbation to the reflection slope a. Thus,
the results in Eq. (7) are correct (as are results for transmis-
sion loss and reverberation in Refs. 4 and 7) simply by re-
placing a with a. At the frequencies, water depths, and sedi-
ment characteristics of interest in this study, « is of order 10°
and 28H is of order 1072, so that to very good approxima-
tion, @~ a. Note that Eq. (1) uses this same approxima-
tion, i.e., a>20H.
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Often the ocean acoustic environment is not well known and sonar performance prediction will be
affected by this uncertainty. Here, a method for estimating transmission loss (TL) is proposed which
incorporates these environmental uncertainties. Specifically, we derive an approach for the statistical
estimation of TL based on the posterior probability density of environmental parameters obtained
from the geoacoustic inversion process. First, a Markov chain Monte Carlo procedure is employed
in the inversion process to sample the posterior probability density of the geoacoustic parameters.
Then, these sampled parameters are mapped to the transmission loss domain where a full
multidimensional probability distribution of TL as a function of range and depth is obtained. In
addition, TL is also characterized by its summary statistics including the median, percentiles, and
correlation coefficients. The approach is illustrated using a data set obtained from the ASTAEX 2001
East China Sea experiment. Based on the geoacoustic inversion results, the predicted TL and its
variability are estimated and then compared with the measured TL. In general, there is a good

agreement with the percentage of observed number of data points inside the credibility interval.
© 2006 Acoustical Society of America. [DOI: 10.1121/1.2261356]

PACS number(s): 43.30.Pc, 43.60.Pt [AIT]

I. INTRODUCTION

Statistical estimation of geoacoustic parameters from
acoustic field data has been an active research topic for more
than a decade.'™ This paper proposes to use the parameter
uncertainties obtained during the geoacoustic inversion pro-
cess to make a statistical estimation of transmission loss
(TL). The transmission loss domain is important as it can be
used in connection with sonar performance prediction (e.g.,
Ref. 8 and in particular the paper by Abbot and Dyerg).

Analytical approaches to transfer uncertainties have
been adopted by several authors. Reference 10 derived an
analytical expression for quantifying the uncertainty in pre-
dicted acoustic fields produced by environmental uncertain-
ties. Reference 11 describes how uncertainty can be embed-
ded into ocean acoustic propagation models through
expansions of the input parameter uncertainties in orthogonal
polynomials. The disadvantage of these approaches is that
they are less flexible computationally and so far have only
been used on simple problems.

Monte Carlo methods for sampling the environmental
variability have been studied by several authors (e.g., Refs.
12 and 13). Random realizations of the acoustic environment
are propagated via the deterministic wave equation to pro-
duce realizations of the acoustic field. Mean and higher mo-
ments are used to characterize the acoustic variability. While
thousands of simulations generally are required, these com-
putations are fast, simple, and thus not seen as a problem.

A Markov chain Monte Carlo (MCMC) method is used
to first sample the probability distributions of the geoacoustic
parameters. Unlike previous research, the results of the geoa-
coustic inversion are only an intermediate goal. Subsampling
of the multidimensional model parameter distribution is then
used to map parameter uncertainties to the TL domain. In
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Ref. 14, exhaustive grid sampling was used to obtain the
geoacoustic uncertainties and map these to the TL domain.
This was feasible because only 4 model parameters were
explored. However, a more realistic inversion will have a
large number of parameters. In this paper we invert for a
total of 13 model parameters and also validate the estimated
transmission loss with at-sea observations.

Figure 1 summarizes the estimation of TL (usage do-
main I{) from ocean acoustic data observed on a vertical or
horizontal array (data domain D)."* The geoacoustic inverse
problem is solved as an intermediate step to obtain the pos-
terior distribution of environmental parameters p(m|d) (en-
vironmental domain M). We are not directly interested in
the environment itself but rather a statistical estimation of the
TL field (usage domain ). Based on the posterior distribu-
tion p(m|d), the probability distribution of the transmission
loss p(u|d) is obtained via Monte Carlo integration. From
this TL probability distribution, all relevant statistics of TL
can be obtained, such as the median, percentiles, and corre-
lation coefficients.

Both the experimental data d and the usage domain
model u are related to m via forward models D(m) and
U(m), respectively. Thus formally, if the data were error free
and the mappings were unique, we would have u
=U(D!(d)). It is assumed that the mappings D(m) and
U(m) are deterministic and all uncertainties (including noise
and modeling errors) are in the data. Due to the uncertainties
in the data, the inverse mapping from d to m is formulated in
a probabilistic framework where one also can include prior
information. The forward mapping could be probabilistic as
in the textbook by Tarantola'> and in the papers by
Mosegaard and Tarantola'® and Rogers et al.”’

© 2006 Acoustical Society of America



Data domain D

Environmental
domain M

FIG. 1. An observation d (D) is mapped into a distribution of environ-
mental parameters m (e.M) that potentially could have generated it. These
environmental parameters are then mapped into the usage domain /.

Il. BAYESIAN INFERENCE

In the Bayesian paradigm, the solution to estimating pa-
rameters of interest m given an observation d is character-
ized by the posterior probability p(m|d). First, the prior in-
formation about the model parameter vector is quantified by
the probability density function (pdf) p(m). Then, this infor-
mation is combined with the likelihood function p(d|m) pro-
vided by the combination of data and the physical model to
give the posterior information of the model parameters
p(m|d). A complete discussion of inverse theory from a
probabilistic point of view may be found in the recent text-
book by Tarantola.”> The solution to the inverse problem is
then

_ p(dm)p(m)
p(mld) = @)

where p(d) is a normalizing factor that makes the posterior
probability density p(m|d) integrate to one. Since p(d) does
not depend on the environmental model m, it typically is
ignored in parameter estimation. Hence, as shown in the sec-
ond representation, the normalization constant p(d) is omit-
ted and a brief notation £(m) is used to denote the likelihood
function p(d|m).

Understanding and using the posterior distribution
p(m|d) is at the heart of Bayesian inference. Specifically,
one is interested in various features of the posterior distribu-
tion, such as the means, variances, and marginal distribu-
tions. These quantities can be written as expectations of
functions f(m) under p(m|d) as follows:

L(m)p(m), (1)

E[f(m)] = fM f(m)p(m|d)dm. 2)

For example, if the desired statistical quantity is the marginal
posterior distribution of the parameter m;, then

P(mi|d) =f 5(m,<, —mi)p(m'|d)dm’. 3)
M

A. Data model

This section derives a likelihood function to be used in
the probabilistic inversion following the same approach as
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described in Gerstoft and Mecklenbriuker.”'® At a single fre-
quency, the relation between the observed complex-valued
data vector d sampled at an N-element array and the modeled
data D(m) is described by the model

d=D(m) +e, (4)

where e represents the error term. The modeled data are
given by D(m)=d(m)s, where the complex deterministic
source term s is unknown. The transfer function d(m) is
obtained using an acoustic propagation model for an envi-
ronmental model m." For simplicity in the development be-
low, data from only one frequency is assumed.

Assume the errors e to be Gaussian distributed with zero
mean and covariance C,. The errors represent all features
that are not modeled in the data such as noise, theoretical

errors, and modeling errors.>””13 Hence, the likelihood func-
tion is
L(m,C,,s) = L exp(-[d —d(m)s]'C;'[d
o= e
—d(m)s]), (5)

where N is the number of data points and superscript 1 de-
notes the complex conjugate transpose. Although in general
not true, an independent and identically distributed (IID) er-
ror process C,=vI is assumed to describe the data uncer-
tainty. The source term s can be estimated in closed form by
requiring dlog £/ds=0, whereby

df(m)d

SML = m (6)

It is seen that s depends on m but not on v. After substituting
smr, back into Eq. (5), the likelihood function is then

L(m,v) = nerN exp(— ¢>(m)), (7)
where
|d(m)d]?
— 2_ = 70

is the objective function. Here, we treat the error variance v
as a nuisance parameter and eliminate it via integrating Eq.
(7) weighted by a noninformative prior of v [p(v)=1/v] over
its entire range20

L(m) = f‘” L(m,v)p(v)dv. 9)
0

Therefore, the likelihood function can be written as

1 (N=1)!
W =5 )

(10)

It is straightforward to extend the above formula to the mul-
tifrequency data set?
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1 NJ
L(m) = [ - ] =[M¢;(m)]™", (11)
&

(m)

where J is the number of processed frequencies and ¢*(m)
=\J/H¢j(m) is the geometric mean of the objective func-
tion over frequency.

The above derivation assumes that the errors are inde-
pendent across both spatial samples of the acoustic field and
frequencies. In practice these can be strongly correlated, for
example, when the errors due to frequency-dependent mod-
eling mismatch are the dominant source of error, the model-
ing error may not be independent across the frequencies
used. Therefore, the number of independent samples NJ in
Eq. (11) must be selected with care (see Sec. III B for de-
tails).

B. Prediction

A related problem is to infer what experimental values
are likely to be observed given our knowledge of the envi-
ronmental parameters. Thus, we are not just interested in the
environment itself but also estimates in the information us-
age domain U (Fig. 1). In the present application, the usage
domain is transmission loss (TL). The vector u is used to
denote the transmission loss at [ discrete positions, u;
=u(r;,z;). For the example in Sec. III, we predicted the TL
field on a 200 X 100 grid of range-depth cells, /=200 X 100
=20 000, inferred from a 13-dimensional model m.

Probability density functions that describe yet unob-
served events are referred to as predictive distributions.
Based on the posterior distribution p(m|d), the posterior pre-
dictive distribution p(u|d) is obtained from the joint poste-
rior pdf of u and m given d,

pluld) = j p(u,mld)dm = f p(ulm,d)p(mld)dm,
M M

(12)

where the second equation follows from the definition of
conditional probability. Since all uncertainties are assumed
to be in the data d and all information in d has been mapped
into m (see Fig. 1 and the discussion in the last paragraph of
Sec. I), conditioning on d adds no information in our predic-
tion of u. Therefore,

m). (13)

The conditional probability density p(u|m) is used to de-
scribe uncertainties in the forward mapping due to imperfect
knowledge of the environment (e.g., parametrization).">™”
Here, the forward mapping is assumed exact: a functional
relationship u=U(m) gives the transmission loss u exactly
for each value of m. Note that u=U(m) is a short notation
for the set of equations u;=U,;(m), i=1,...,I. Therefore, the
probability density is

p(ujm) = &(U(m) -u), (14)

p(ujm,d) =p(u

where the vector delta function is defined as the product of
the delta functions for the elements'>' as in
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I
U@m) -u) =[] 8U(m) - u(r,z)). (15)
i=1

The posterior predictive distribution of u for a set of
discrete ranges and depths given the observed acoustic data d
is obtained by integrating the values of the TL with respect to
the posterior distribution of the model parameters

p(ll|d)=f 8(U(m) - u)p(m|d)dm (16)
M

which has the same form as Eq. (2). As shown in the Ap-
pendix, this is a generalization of the transformation of ran-
dom variables using the properties of the Dirac delta func-
tion. However, in the present case, neither the roots nor the
derivatives are known, and thus it is easier to implement Eq.
(16) directly as described in Sec. II C.

The posterior distribution p(u|d) carries all the informa-
tion about the TL in the presence of the geoacoustic inver-
sion uncertainties. As the predictive distributions are not nec-
essarily Gaussian, it is preferable to characterize the
distributions with medians and distance between the 5th and
95th percentiles instead of means and standard deviations.
Note that the median corresponds to the 50th percentile of
the distribution. The Sth percentile of the TL distribution at a
given position, denoted by #A%, is computed by finding the
TL value that satisfies

B
f p(u|d)du = B/100. (17)

In addition to summarizing the statistics of TL at any
particular point, the covariance structure of the TL at two
points might also be of interest in uncertain acoustic envi-
ronments. From Eq. (16), the covariance and correlation co-
efficient between the TL at two positions u; and u; can be
computed, respectively, by

cov(u;,u;) = E{uu;] - E[u;]E[u;] (18)
and

cov(u;,u))

R.=

= . (19)
Y \,'/cov(ul-, u;) \/cov(u )

To compute the above statistical quantities of TL, one
needs to evaluate the high-dimensional integral of Eq. (16).
The integral can be approximated numerically as described
in the next section.

C. Markov chain Monte Carlo method

Monte Carlo methods can evaluate integrals in high-
dimensional space efﬁciently.22 In particular, Markov chain
Monte Carlo (MCMC) algorithms have been found to be
well suited for problems of Bayesian inference. The com-
monly used MCMC methods are the Metropolis-Hastings al-
gorithm, which was introduced first in Ref. 23, and Gibbs
sampling which was developed originally in Ref. 24 where it
was applied to image processing. MCMC are extensively
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used in various fields of inverse problems, such as
geophysics, 16.25 ocean acoustics, %’ and
electromagnetics.28 MCMC algorithms consist of a random
walk in the parameter space where the next parameter value
depends only on the current value. After an initial “burn-in”
period in which the random walker moves toward the high
posterior probability region, the chain samples a desired pos-
terior pdf, that is, it returns a number of parameter vectors
that are distributed as in the posterior pdf.

In the MCMC, samples are generated from the posterior
distribution p(m|d). The difficult part is to create a Markov
chain which converges rapidly. As noted by many
authors, > parameter coupling frequently is encountered
in ocean acoustics. High correlation between parameters can
slow down the convergence of a MCMC sampler consider-
ably. Thus, a parameter covariance matrix estimated from the
sampled models during the initial “burn in” period7 is used
for determining appropriate coordinate rotations.

MCMC convergence was established by collecting two
independent runs in parallel and periodically comparing the
marginal distributions of the parameters estimated from each
run.’ The procedure is terminated when the maximum differ-
ence between two cumulative marginal distributions for all
parameters is less than 0.05. A good introduction to MCMC
methods is in Ref. 31, which also contains many applications
in statistical data analysis.

The integral in Eq. (16) is the expectation of function
S(U(m)—u) with respect to the posterior distribution of the
model parameters. This and other expectations can be ap-
proximated by using the MCMC samples {m”} drawn from
the posterior distribution of model parameters p(m|d)

T
p(uld) = %E S(Um") —u), (20)

t=1

where the superscript 7 is used to label the sequence of states
in a Markov chain and T denotes the total length of the
sequence. To implement Eq. (20), a numerical approxima-
tion is made by binning the calculated TL values. The bin
width is selected small enough to have negligible effect on
the distribution. Here a 1 dB bin width is used.

Using all samples from MCMC runs can consume a
large amount of storage to save all m®” and computation time
to compute p(u|d). It has been suggested in the statistical
literature® ™ that inferences should be based on a subsam-
pling of each sequence, with a subsampling factor high
enough that successive draws of m are approximately inde-
pendent. The strategy is known as subsazmnlimg.3 3 This can
save a large amount of storage and computation time for
using the MCMC samples in inference. This subsampling
reduces the number of samples needed to calculate p(m|d)
and thus translates into a large saving in computer time for
calculating p(u|d). Practically, we use a Monte Carlo (ran-
dom) subsampling of the MCMC samples {m"’} and monitor
the convergence of the maximum difference between the
marginal cumulative distributions estimated from sub-
samples and from all MCMC samples. This maximum dif-
ference should be less than 0.05 for all parameters. Then
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FIG. 2. Track of R/V Melville during the ASIAEX 2001 East China Sea
experiment. The experimental geometry is shown in the upper right-hand
corner of the figure.

these subsampled model parameter vectors are used to com-
pute p(u|d).

All results presented in this paper are generated by
SAGA,* which implements the method described in Ref. 28.

lll. RESULTS AND DISCUSSION

Data from the ASIAEX 2001 East China Sea
experiment35 are used to illustrate the approach. Figure 2
shows a map of the region where the acoustic measurements
were taken. On Julian Day (JD) 158, acoustic energy was
transmitted from the J-15 source towed near 48 m depth by
R/V Melville with a speed of about 3 knots. The ship track is
indicated by the line in the figure on which the distances
between the source and the receiver range from 0.5 to 6 km.
The experiment geometry is illustrated schematically in Fig.
2. A 16-element, 75-m aperture, autonomous recording ver-
tical line array (VLA) was moored up from the seafloor at
location 29°38.927’ N, 126°48.892’ E where the measured
water depth was approximately 105.5 m. The lowermost el-
ement (element 1) was about 6 m above the bottom. Element
4 failed during deployment.

For oceanographic measurements, the current profile in
the water column from 30 to 100 m was obtained by a ship-
mounted ADCP system. During the acoustic transmissions,
there exists a strong tidal current with magnitude greater than
0.5 m/s around the middle of the water column. Three sound
speed profiles were measured by CTDs on JD 158. As shown
in Fig. 2, typical summer sound speed profile characteristics
were observed with significant fluctuations in the ther-
mocline.

A general bathymetric and geological survey has indi-
cated that in the neighborhood of the experimental site, the
environment is nearly range independent. Additional details
of the seismic and oceanographic experiments can be found
in Ref. 35.
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FIG. 3. 1D marginal posterior probability densities of the model parameters
using the measured data obtained at approximately 1.7 km from the source.
Arrows indicate the estimated optimum values of the parameters.

A. Baseline model

The baseline model is assumed to be range-independent
and consists of an ocean layer overlying a uniform sediment
layer on top of a subbottom. The model parameters were
divided into three subsets: geometrical, geoacoustic, and
ocean sound speed parameters. The geometrical parameters
include source range SR, source depth SD, water depth WD,
and the array shape (array tilt  and bow b). The geoacoustic
parameters include sediment compressional speed ¢4, den-
Sity pgeq, attenuation «,.q, and thickness d, and increment of
subbottom compressional speed from the top sediment layer
Ac (subbottom density and attenuation are fixed at 2.4 g/cm?
and 0.01 dB/\, respectively). The ocean sound speed was
modeled by a linear combination of empirical orthogonal
functions (EOFs). An empirical orthogonal function (EOF)
analysis at the experimental site shows that the first 3 EOFs
contain about 90% of the energy. Therefore, the number of
representative EOFs was set to three in the inversion.

An environmental domain of 13 parameters with their
search bounds is indicated in Fig. 3, including (from upper to
lower panels) geometrical, geoacoustic, and ocean sound
speed EOF coefficients.

B. Posterior distributions for the model parameters

Matched-field (MF) geoacoustic inversion using the se-
lected frequencies 195, 295, and 395 Hz was carried out with
the measured data obtained at approximately 1.7 km from
the source (the circle in Fig. 2). The MCMC algorithm along
with the normal-mode propagation model SNAP (Ref. 19) is
employed to sample the posterior probability density in
model domain M.

Figure 3 shows the marginal posterior distributions of
the model parameters using the likelihood function, Eq. (11)
with the number of independent samples, NJ, found as fol-
lows. First, the data error covariance matrix C, is estimated
using a maximum-likelihood approach. It is based on an en-
semble average of the residual vectors (residual field be-
tween the observed and the modeled field generated from the
optimum values of the parameters) from multiple inversions
of vertical array data from a source tow.*® For each source
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FIG. 4. MF-derived (a) source-receiver range and (b) source depth over the
time interval from 19 to 50 min. The contour plots shows the MF output
(dB) where the best match for each time sample is 0 dB. The vertical line on
each plot indicates where the environmental model is estimated. Plus signs
indicate the true measured source depths.

range, the residual vectors of processed frequencies are con-
catenated creating an error vector consisting of 15X 3=45
entries (15 hydrophone elements by 3 frequencies). A total of
98 error vectors are used to estimate C,. Then, to find the
number of independent samples NJ, the eigenvalue analysis
is performed on the estimated C,. The result shows there are
30 significant eigenvalues, containing 99.9% of the energy,
in the error covariance matrix. Therefore, the number of in-
dependent samples, NJ, for this analysis, is 30.

Figure 4 shows the MF-derived source position over the
time interval from 19 to 50 min using the estimated opti-
mum values of the parameters found from the above inver-
sion. The source depths measured by the depth sensor are
indicated by the plus signs. Compared with the GPS and the
depth sensor measurements, MF-derived source position is
consistent with the experimental configuration. Source local-
ization based on the best-fit model tracks the actual source
positions well.

C. Predictive distributions of transmission loss

With the posterior probability density of the environ-
mental model parameters obtained from the inversion, we
quantify the uncertainty mapped from the model parameters
to the predicted transmission loss (TL). The posterior predic-
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FIG. 5. (Color online) Posterior distribution of TL versus range for 295 Hz
for array element 7 (at 69.5 m): (a) Contour of posterior distribution for TL
versus range. (b) and (c) Posterior distributions of TL at two different ranges
(2.75 km and 2.85 km). These corresponds to cuts (vertical dashed lines)
through the contour. (d) Statistics of the predicted TL versus range. The
solid line with gray area around shows the median and the 90% interval of
posterior distribution.

tive distribution of TL for the position (r;,z;) is obtained by
integrating the predictions of TL with respect to the posterior
distribution of the model parameters, using Eq. (16).

Figure 5 shows the posterior distribution of the TL ver-
sus range at 295 Hz for array element 7 (at 69.5 m). Figure
5(a) shows the contour of the predictive distribution of the
TL versus range. Gray levels represent the probability den-
sity. Darker shades mean higher probability of observing the
predicted TL value. It is observed that at some ranges where
the acoustic field is near a null (destructive interference), the
predictive probabilities show large variations in the result.

Predictive distributions at two different ranges are
shown in Figs. 5(b) and 5(c), which correspond to the points
of constructive and destructive interferences, respectively. At
the range of constructive interference [Fig. 5(b)], less varia-
tion of TL is observed. Therefore, the probability density
concentrates in a smaller area. However, near the range of
destructive interference [Fig. 5(c)], the probability density
spreads in a larger area which indicates the acoustic field is
more difficult to predict. Since the distribution of TL is often
poorly approximated by a normal distribution, particularly
near destructive interferences, the central tendency and
spread of the TL distribution are indicated, respectively, by
the median (heavy vertical line) and the distance between the
5th and 95th percentiles (gray area; referred to as the 90%
Credibility Interval). Figure 5(d) summarizes the predictive
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FIG. 6. Posterior probability distribution of TL versus depth for 295 Hz at
the 2.85 km range: (a) Contour of posterior probability distribution for TL
versus depth. (b) Magnitude of the correlation coefficient matrix for TL at
all depths.

distributions by the median (heavy line) and the 90% CI
(gray area). This is a practical way to convey the uncertainty
in TL.

Figure 6 shows the posterior distribution of TL versus
depth for 295 Hz at 2.85-km range. Figure 6(a) shows the
contour of posterior probability distribution for TL versus
depth. We see a similar constructive/destructive interference
pattern as observed in the range contour of the TL distribu-
tion. The vertical covariance structure of the TL is examined
in Fig. 6(b). Due to the interference of the normal modes, a
chessboardlike correlation structure of the TL is observed.
For regions near the constructive interference (for example,
at a depth of 50 m), the TL is correlated more at neighboring
depths. For regions near destructive interference (at 81 m
depth), the correlation drops rapidly.

To demonstrate the correlation structure in detail, Fig. 7
shows the 2D posterior probability distributions between TL
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FIG. 7. 2D posterior probability distribution of TL versus depth for 295 Hz
at the 2.85 km range. The vertical and horizontal axes indicate, respectively,
the TL field at 69.5 m depth and that at the depth indicated on each panel.
The gray-scale coloring from darkest to lightest represents 50%, 75%, and
95% highest posterior density (HPD) (Ref. 20). 1D posterior probability
distribution of TL at that depth is also shown on the bottom of each panel.
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FIG. 8. Convergence of (a) the posterior probability distribution of each
model parameter and (b) the predictive probability distribution of the TL at
69.5 m depth and 2.85 km range [see Fig. 5(c) for the distribution]. The
vertical axis indicates the maximum difference between the cumulative dis-
tributions of k-length subsamples and the cumulative distribution of the full
MCMC samples (the length of 480 000).

at 69.5 m depth (vertical axis) and TL at selected depths
(horizontal). Gray levels represent the probability density;
darker shade means higher probability density. The line plot
on the bottom of each panel is the marginal distribution of
TL at the corresponding depth, which corresponds a cut
through Fig. 6(a) at that corresponding depth.

As discussed in Sec. II C, significant saving in both stor-
age and computation time can be obtained by subsampling
MCMC samples. Note that about 480 000 samples were re-
quired for the MCMC to converge. Figure 8(a) shows the
convergence of the Monte Carlo subsampling for each model
parameter. We find that about 10 000 samples are sufficient
to characterize the marginal distributions of model param-
eters.

As an indication of convergence for TL distribution, we
computed the marginal distributions of TL for the sub-
sampled model parameter vectors. Figure 8(b) shows conver-
gence for the marginal probability distributions of TL at
69.5 m depth and 2.85 km range, which corresponds to a
long tail distribution as shown in Fig. 5(c). Similar to sam-
pling the marginal distributions of model parameters, 10 000
samples can capture accurately the predictive distribution of
the TL at this chosen position (with maximum error 0.025).

D. Experimental comparisons

We have demonstrated how to estimate the statistical
properties of the TL in the presence of uncertainty embedded
in the environmental model parameters. To further illustrate
the versatility and usefulness of the predictive distributions
of the TL, the resulting statistics are compared with actual
TL observations.
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Bayesian inference gives us the posterior distribution of
the full parameter vector. To estimate the statistical proper-
ties of the TL, only the posterior distribution of geoacoustic
parameters and ocean sound speed EOFs is required, but not
the distribution of the geometric parameters. The environ-
mental parameters are the geoacoustic parameters, ocean
sound speed EOF coefficients, and water depth (water depth
is included since it affects the number of propagating modes
in the waveguide). Uncertainties in these parameters can be
obtained easily by integration over the remaining geometric
parameters, that is, simply removing these variables (SD,
SR, b, and 6) from the parameter vector.

Source depth is an important parameter for predicting
TL fields accurately. In this data set, the depth sensor mea-
surement indicates that the source varied between 48 and
52 m. Since the measured and MF estimated source depths
(as shown in Fig. 4) are virtually the same, the MF-derived
time-varying source position is included in the TL prediction,
referred to as the MFSD model.

Figure 9 compares the observed TL (dots) with the pre-
dicted TL statistics of the MFSD model (solid line with gray
area) for the frequencies 195, 295, and 395 Hz (left to right)
and for array elements 1, 7, and 16 (bottom to top; depths at
99.5, 69.5, and 24.5 m). We see that for 195 Hz the TL un-
certainty band is about 5 dB near the ranges of constructive
interference and is widened near the ranges of destructive
interference. As frequency increases, larger spreads in TL
predictions are observed. This is most pronounced near re-
gions of destructive interference. In general, the predicted TL
patterns using the MFSD model follow the trends of the
measured TL well. Table I summarizes comparisons of mea-
sured and predicted TL from Fig. 9. As frequency increases,
the uncertainty band of the predicted TL (number in dB)
increases by approximately 3 dB and more of the observed
TL points are within the 90% CI.

To investigate the effect of the source depth uncertainty,
we have estimated the TL distributions for 295 Hz for the
following three additional cases:

(1) The marginal posterior distribution of source depth ob-
tained from the 1.7 km inversion is assumed for all
ranges, referred to as the SD@1.7 km model.

(2) The range-dependent source depth variability is ac-
counted for by the statistics of the measured source
depth. The parameter SD is treated as a random variable
having the mean value of 50.2 m and standard deviation
of 1.5 m, estimated from the measured source depths. At
each range, the source depth is a Gaussian distribution
centered at 50.2 m with uncertainty band of 1.5 m, re-
ferred to as the MEAN+STD model.

(3) The uncertainty band in the MEAN+STD model is ap-
plied to the MFSD model. At each range, the source
depth is assumed to be a Gaussian distribution centered
at the MF-derived source depth with standard deviation
of 1.5 m, referred to as the MEAN+STD model.

Figure 10 shows comparisons of predicted and measured
TL for the above described source depth distribution models

Huang, Gerstoft, and Hodgkiss: Validation of transmission loss prediction
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FIG. 9. (Color online) Predicted and measured TL (dots) for array elements 1, 7, and 16 and for frequencies 195, 295, and 395 Hz. The median of the
predicted TL (solid line) is shown together with the 90% CI (gray area). The source depth is estimated from MF processing.

for a frequency of 295 Hz. The prediction quality is summa-
rized in Table I. The results using the marginal posterior
distribution of the source depth obtained at the 1.7 km range
(left column) show that the prediction quality is rather poor.
For instance, for array element 7 (middle row) the construc-
tive interference region near 1.6 km and the destructive in-
terference region near 2.2 km are not captured by the predic-
tions. This is expected since the source depth at each range
differs substantially from the estimated source depth at the
range of 1.7 km. For the MEAN+STD model (middle col-
umn), we see that the fine scale features of the observed TL
are matched by the predictions. Compared with the MFSD
model (middle column in Fig. 9), the addition of source
depth uncertainty results in the TL uncertainty band being
much wider. The predicted TL patterns follow the trends of
the measured TL well. For the MFSD+STD model (right
column), it shows the highest percentage of the observed TL
inside the CI. Table I shows that the median value of pre-
dicted TL spread increases by approximately 3 dB more than
the MFSD alone, and about 7%—11% more of the observed
TL points fall within the gray area.

We found that, in general, about 80% of the observed TL

data falls within the predicted 90% CI. Since the predicted
TL statistics are derived from uncertainty in geoacoustic pa-
rameters p(m|d) for the given environmental parameteriza-
tion only (we assume a range-independent environment).
Complicated environments, such as spatial and temporal
fluctuations in the water column, sediment, sea surface, and
water-sediment interface, are not modeled and this will in-
crease the error. Further, all noise sources have not been
taken into account. Therefore, the percentage of observed
data points inside the computed CI is less than the predicted.

IV. CONCLUSION

This paper investigates the statistical estimation of TL
based on the posterior probability density of environmental
parameters obtained from the geoacoustic inversion process.
First, a Markov chain Monte Carlo procedure is employed to
sample the posterior probability density of the geoacoustic
parameters. Then, these parameter uncertainties are mapped
to the transmission loss domain where a full multidimen-
sional probability distribution of the TL as a function of

TABLE 1. Summary of TL prediction performance. Numbers in dB indicate the median value of the predicted
TL spread over all range, while numbers in % represent the percentage of the measured TL points that lie inside

the 90% CI.

MFSD (Fig. 9)

F=295 Hz (Fig. 10)

Element

number (depth) 195 Hz 295 Hz 395 Hz SD@1.7 km MEAN+STD MESD+STD
16 (99.5 m) 49dB/73% 6.2dB/80% 7.7 dB/82% 7.2 dB/61% 11 dB/88% 9.6 dB/91%
7 (69.5 m) 43 dB/73% 6.1 dB/85% 8.2 dB/79% 7.3 dB/69% 9.6 dB/93% 9.3 dB/92%
1(24.5 m) 4.6 dB/69% 5.4 dB/80% 7.8 dB/81% 4.9 dB/67% 6.9 dB/85% 7.4 dB/91%
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FIG. 10. (Color online) Predicted and measured TL for 295 Hz for various source depth distribution models. Left column (SD @ 1.7 km): the source depth is
inferred from the inversion at 1.7 km; Middle column (MEAN+STD): fixed source depth (50.2 m) with the standard deviation (1.5 m); Right column

(MFSD+STD): MF-derived source depth with 1.5-m standard deviation.

range and depth is obtained. The summary statistics of pre-
dicted TL including the median, percentiles, and correlation
coefficients are considered.

A Monte Carlo subsampling technique is applied to sub-
sample the full MCMC model parameter samples. A signifi-
cant saving in both storage and computation time (a factor of
50) was observed using this technique.

The predicted TL statistics are compared with actual TL
observations from the ASIAEX 2001 East China Sea experi-
ment. In general, about 80% of the observed TL data falls
within 90% of the range-varying predicted TL probability
distribution. Thus, the geoacoustic inversion has captured
most of the uncertainty in the environment.
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APPENDIX: TRANSFORMATION OF RANDOM
VARIABLES

Given that u=U(m) and assuming that U(m) is a mono-
tonic function of m (monotonic assumption only true in this
paragraph), the posterior pdf of m is related to the posterior
pdf of u by the transformation of random variables

p(uld) = p(m|d) (A1)

where |dm/dU(m)| is the absolute value of the Jacobian de-
terminant, whose reciprocal represents the hypervolume in
the U/ domain mapped out by the small hypercube region in
the M domain.

Propagation of parameter uncertainties to the TL predic-
tions by integration in the sense of Eq. (16) can be related to
the transformation of random variables as in Eq. (A1) using
the properties of the Dirac delta function. Suppose that f(x)

u U
A =0 has N zeros {x,} and df(x,)/dx # 0, then 5(f(x)) equals a
37,
U(m) sequence of impulses at x=x,, of area [, ie.,
df (x,) |~
N 8(f(x)) = (A2)
plu|d) l'n :In » m Using Eq. (A2), Eq. (16) can be rewritten as
p(m|d) N
T /M pluld) = f S[U(m) - ulp(m|d)dm = 3 p(m,|d)
P m M n=1
JU(m,) | !
FIG. 11. Model-utility relationship: many-to-one transformations. In the — , (A3)
center panel, horizontal axis represents the model domain, vertical axis rep- Jm

resents the utility domain. The bottom and left panels indicate p(m|d) and
p(u|d), respectively.
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where {m,} are the roots of the equation U(m)-u=0. Equa-
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tion (16) is the generalization of Eq. (Al) to many-to-one
transformations.

Equation (A3) can be explained intuitively using Fig. 11.
For a nonmonotonic function U(m), the probability mass of
any specific value u, can be found by first solving for the
roots of the equation uy=U(m), then calculating the inverse
of |aU(m)/ém| at the roots m, weighted according to
p(m,|d), and finally summing all probability masses.

'P. Gerstoft, “Inversion of seismoacoustic data using genetic algorithms
and a posteriori probability distributions,” J. Acoust. Soc. Am. 95, 770—
782 (1994).

%P, Gerstoft and C. F. Mecklenbriuker, “Ocean acoustic inversion with
estimation of a posteriori probability distributions,” J. Acoust. Soc. Am.
104, 808-819 (1998).

M. L. Taroudakis and M. G. Markaki, “Bottom geoacoustic inversion by
broadband matched field processing,” J. Comput. Acoust. 16, 167-183
(1998).

“L. Jaschke and N. R. Chapman, “Matched field inversion of broadband
data using the freeze bath method,” J. Acoust. Soc. Am. 106, 1838—1851
(1999).

°G.R. Potty, J. H. Miller, J. E. Lynch, and K. Smith, “Tomographic inver-
sion for sediment parameters in shallow water,” J. Acoust. Soc. Am. 108,
973-986 (2000).

°D. P. Knobles, R. A. Koch, L. A. Thompson, K. C. Focke, and P. E.
Eisman, “Broadband sound propagation in shallow water and geoacoustic
inversion,” J. Acoust. Soc. Am. 113, 205-222 (2003).

’S. E. Dosso, “Quantifying uncertainty in geoacoustic inversion I: A fast
Gibbs sampler approach,” J. Acoust. Soc. Am. 111, 129-142 (2002).

8F. B. Jensen and N. Pace, Impact of Littoral Environmental Variability on
Acoustic Predictions and Sonar Performance (Kluwer Academic, The
Netherlands, 2002).

°P. Abbot and 1. Dyer, “Sonar performance predictions based on environ-
mental variability,” in Impact of Littoral Environmental Variability on
Acoustic Predictions and Sonar Performance, edited by N. G. Pace and F.
B. Jensen (Kluwer Academic, The Netherlands, 2002), pp. 611-618.

%K. R. James and D. R. Dowling, “A probability density function method
for acoustic field uncertainty analysis,” J. Acoust. Soc. Am. 118, 2802—
2810 (2005).

1S, Finette, “Embedding uncertainty into ocean acoustic propagation mod-
els (1),” J. Acoust. Soc. Am. 117, 997-1000 (2005).

p. Tielburger, S. Finette, and S. Wolf, “Acoustic propagation through an
internal wave field in a shallow water waveguide,” J. Acoust. Soc. Am.
101, 789-808 (1997).

3D, Rouseff and T. E. Ewart, “Effect of random sea surface and bottom
roughness on propagation in shallow water,” J. Acoust. Soc. Am. 98,
3397-3404 (1995).

l4p, Gerstoft, C.-F. Huang, and W. S. Hodgkiss, “Estimation of transmission
loss in the presence of geoacoustic inversion uncertainty,” IEEE J. Ocean.
Eng. 31, April issue, 2006.

SA. Tarantola, Inverse Problem Theory and Methods for Model Parameter
Estimation (SIAM, Philadelphia, 2005).

K. Mosegaard and A. Tarantola, “Probabilistic approach to inverse prob-
lems,” in International Handbook of Earthquake & Engineering Seismol-
0gy, Part A (Academic, London, 2002), pp. 237-265.

LT Rogers, M. Jablecki, and P. Gerstoft, “Posterior distributions of a

J. Acoust. Soc. Am., Vol. 120, No. 4, October 2006

statistic of propagation loss inferred from radar sea clutter,” Radar Science
40, 1-14 (2005).

8C. F. Mecklenbriuker and P. Gerstoft, “Objective functions for ocean
acoustic inversion derived by likelihood methods,” J. Comput. Acoust. 8,
259-270 (2000).

"%F. B. Jensen and M. C. Ferla, “SNAP: The SACLANTCEN normal-mode
acoustic propagation model,” SACLANT Undersea Research Centre, SM-
121, La Spezia, Italy (1979).

¢ -F, Huang, P. Gerstoft, and W. S. Hodgkiss, “Uncertainty analysis in
matched-field geoacoustic inversions,” J. Acoust. Soc. Am. 119, 197-207
(2006).

2IR. N. Bracewell, The Fourier Transform and its Applications, 3rd ed.
(McGraw-Hill, New York, 2000).

2w, H. Press, B. P. Flannery, S. A. Teukolsky, and W. T. Vetterling, Nu-
merical Recipes in Fortran 77, 2nd ed. (Cambridge University Press, Lon-
don, 1992).

BN, Metropolis, A. W. Rosenbluth, M. N. Rosenbluth, A. H. Teller, and E.
Teller, “Equation of state calculations by fast computing machines,” J.
Chem. Phys. 21, 1087-1092 (1953).

243 Geman and D. Geman, “Stochastic relaxation, Gibbs distributions, and
the Bayesian restoration of images,” IEEE Trans. Pattern Anal. Mach.
Intell. 6, 721-741 (1984).

M. K. Sen and P. L. Stoffa, “Bayesian inference, Gibbs’ sampler and
uncertainty estimation in geophysical inversion,” Geophys. Prospect. 44,
313-350 (1996).

%7 -H. Michalopoulou and M. Picarelli, “Gibbs sampling for time-delay-
and amplitude estimation in underwater acoustics,” J. Acoust. Soc. Am.
117, 799-808 (2005).

7p, Battle, P. Gerstoft, W. S. Hodgkiss, W. A. Kuperman, and P. Nielsen,
“Bayesian model selection applied to self-noise geoacoustic inversion,” J.
Acoust. Soc. Am. 116, 2043-2056 (2004).

B, Yardim, P. Gerstoft, and W. S. Hodgkiss, “Estimation of radio refrac-
tivity from radar clutter using Bayesian Monte Carlo analysis,” IEEE
Trans. Antennas Propag. 54, 1318-1327 (2006).

M. D. Collins and L. Fishman, “Efficient navigation of parameter land-
scapes,” J. Acoust. Soc. Am. 98, 1637-1644 (1995).

G, L. D’Spain, J. J. Murray, W. S. Hodgkiss, N. O. Booth, and P. W.
Schey, “Mirages in shallow water matched field processing,” J. Acoust.
Soc. Am. 105, 3245-3265 (1999).

3w, R. Gilks, S. Richardson, and D. J. Spiegelhalter, Markov Chain Monte
Carlo in Practice (Chapman and Hall, London, 1996).

2c. 1. Geyer, “Practical Markov chain Monte Carlo (with discussion),” Stat.
Sci. 7, 473-483 (1992).

3C. P. Robert and G. Casella, Monte Carlo Statistical Methods (Springer-
Verlag, New York, 1999).

¥p, Gerstoft, SAGA Users guide 5.0, an inversion software package, An
updated version of “SAGA Users guide 2.0, an inversion software pack-
age,” SACLANT Undersea Research Centre, SM-333, La Spezia, Italy
(1997).

3C.-F, Huang and W. S. Hodgkiss, “Matched field geoacoustic inversion of
low frequency source tow data from the ASIAEX East China Sea experi-
ment,” IEEE J. Ocean. Eng. 29, 952-963 (2004).

¥C.-E Huang, P. Gerstoft, and W. S. Hodgkiss, “Data error covariance
matrix for vertical array data in an ocean waveguide,” J. Acoust. Soc. Am.
119, 3272 (2006).

N Papoulis, Systems and Transforms with Applications in Optics
(McGraw-Hill, New York, 1968).

Huang, Gerstoft, and Hodgkiss: Validation of transmission loss prediction 1941



Observations of biological choruses in the Southern California

Bight: A chorus at midfrequencies
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This paper describes the characteristics of an underwater biological chorus recorded in the
midfrequency band (1-10 kHz) in the Southern California Bight. The recordings were made in July,
2002 by a large-vertical-aperture, 131-element, 2D billboard array. The chorus, observed
predominantly on two consecutive nights during the 8-day experiment, is composed of two bands
of energy centered around 1.5 kHz and between 4 and 5 kHz. It causes a complete reversal in the
vertical directional characteristics of the mid-frequency ambient sound field between day and
nighttime periods; whereas the vertical structure during the day shows a notch in the horizontal
direction with levels more than 10 dB below those at higher angles, the nighttime levels in the
horizontal can exceed those at other vertical angles by more than 10 dB. These nighttime sounds
also are strongly anisotropic in azimuth; they appear to come mainly from a popular Southern
California fishing spot where the water depths exceed 75 m. Vertical beam-to-beam coherence
squared estimates suggest the chorus source region exists on spatial scales greater than the multipath
interference wavelengths of this environment. Individual sounds comprising the chorus, although
difficult to separate from the background din, have a fluttering, rasping character. © 2006 Acoustical

Society of America. [DOI: 10.1121/1.2338802]

PACS number(s): 43.30.Sf, 43.80.Ka, 43.30.Nb, 43.80.Ev [KGF]

I. INTRODUCTION

Biological sounds are an important component of the
naturally occurring underwater sound field. In particular, bio-
logical choruses, the phenomenon where large numbers of
animals call simultaneously over sustained periods of time,
can have a remarkable impact on the sound field’s levels and
directional characteristics. The fact that marine animals cre-
ate underwater sound has been reported in the scientific lit-
erature since at least the 1800’s (see Tavolga, 1964b, for a
short historical summary). In the U.S., the study of these
sounds greatly intensified during World War 1II (e.g., Dobrin,
1947; Everest, Young, and Johnson, 1948; Johnson, 1948;
Knudsen, Alford, and Emling, 1948; U.C. Div. War Re-
search, 1946) and continued for the two decades or so after-
wards (e.g., Tavolga, 1964a, 1967), motivated in part by their
effects on military sonar performance. However, activity in
this area of research declined probably because the U.S.
Navy focus (and funding) turned to deep water problems.
Several ongoing efforts have been conducted in various areas
of the world to characterize the contribution of biological
choruses to the ocean sound field (e.g., Cato, 1978, 1980;
McCauley and Cato; Kelly, Kewley, and Burgess, 1985).
With interest returning to shallow water environments, the
issue of the potential impact of biological choruses on sonar
operations has regained some attention. However, even
greater attention is being focused on the converse problem;
the potential impact of sonar operations and other types of
manmade sound on the ocean’s biological communities (e.g.,
National Research Council, 1994, 2000, 2003). The marine
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mammal population is of primary concern, but the impact of
manmade sound on nonmammalian species also is an active
area of research (e.g., Hastings, et al., 1996, and references
therein; McCauley, Fewtrell, and Popper, 2003, and refer-
ences therein; Myrberg, 2002; Tavolga, 2002). Recently, in-
terest has been renewed in the use of passive acoustical tech-
niques for monitoring the locations and health of biological
populations and essential fish habitats, as well as for under-
standing fish behavior and ecology (Rountree et al., 2002;
see also Bonacito et al., 2002; Connaughton, Fine, and Tay-
lor, 2002; Lobel, 1991; Luczkovich and Sprague, 2002;
Mann and Lobel, 1995; Rountree et al., 2003, and references
therein).

Much remains to be learned about marine animal acous-
tics, especially the sounds of fish and invertebrates in their
natural environment. Of the more than 25 000 species of fish
that exist in the world today, the acoustic behavior in the
wild of only a few hundred species is known to some extent
(National Research Council, 2003). Even less is known
about sounds from marine invertebrates, although significant
results on snapping shrimp sounds recently have been ob-
tained to supplement the insights learned during World War
II (see National Research Council, 2003, for a list of refer-
ences on snapping shrimp). Other marine invertebrates such
as barnacles, mussels, and sea urchins are known to produce
underwater sound (Fish, 1964; Cato, 1978), but little is
known of the global spatial distribution and in situ charac-
teristics of these sounds.

The purpose of this paper is to describe the temporal and
spatial characteristics of underwater biological sounds re-
corded during an 8-day experiment in summer, 2002, in the
Southern California Bight. The acoustic measurements were
made with a large aperture, 131-element, two-dimensional

© 2006 Acoustical Society of America
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FIG. 1. Map of the Southern California offshore region showing the loca-
tions of the main experimental sites where biological choruses have been
recorded. The location of the MFnoise-02b experiment discussed in this
paper is marked with a star. Biological choruses at low frequencies
(50-800 Hz) have been recorded at the sites plotted with an asterisk and
hexagon, and are discussed elsewhere. Bathymetry contours are plotted ev-
ery 200 m.

(2D) billboard hydrophone array that provided high resolu-
tion directional estimates of the sound field, particularly in
the vertical direction. The next section of this paper provides
a brief description of the experiment and the hydrophone
array used to collect the underwater acoustic data. Section III
outlines the data analysis approach, including the array pro-
cessing methods used with the billboard array data. The pre-
sentation in Sec. IV is devoted to describing the properties of
the biological sounds derived from processing the ocean
acoustic data. Implications and speculation on the source(s)
of these sounds are presented in Sec. V. This section also
provides a comparison of the measurements with those made
over an 8-day period in July, 1963 just to the west of the
summer, 2002, site by Wenz, Calderon, and Scanlan (1965).
Finally, Sec. VI summarizes the conclusions from this work.

Il. DESCRIPTION OF THE EXPERIMENT
AND HARDWARE

The locations of the three main experimental sites where
low and midfrequency choruses have been recorded are plot-
ted on a map of the Southern California offshore region in
Fig. 1. The location of the experiment discussed in this paper
is the westernmost site indicated by a star. The location of
the set of Shallow Water Test Cell Experiments (“SWellEx”)
is plotted with an asterisk and that of the Adaptive Beach
Monitoring (“ABM”) experiments is shown as a hexagon.
Low frequency biological choruses were recorded in these
latter two sets of experiments (D’Spain et al. 1997).

The Mid-Frequency Ocean Noise Experiment (MFnoise-
02b) occurred over a northwest/southeast-trending bathymet-
ric ridge called the “40-Mile Bank,” located about 60 km to
the west of San Diego and 35 km southeast of San Clemente
Island (Fig. 1). The deployment site (32° 38.5' N, 117° 57.5’
W), is 2 km to the southeast of the “43-Fathom Spot,” a
popular fishing area in the Southern California Bight. The
R/P FLIP, a 100-m manned spar buoy operated by the Ma-
rine Physical Laboratory (MPL), was placed in a three-point
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mooring in 175-m-deep water and acted as the central data
recording platform during the July, 2002 experiment. A de-
tailed bathymetry map of the site is shown in Fig. 2.

A 131-hydrophone, 2D billboard array with 12 kHz
bandwidth per element (digitizing rate of 24 Ksamples/s)
and interelement spacing of 0.2 m (equal to half a wave-
length at 3.75 kHz) was deployed from FLIP during
MFnoise-02b. A schematic of the array is shown in Fig. 3.
The main part of the array is composed of 4 vertical staves
with 32 elements each, all having equal 0.2-m spacing. Not
shown in Fig. 3 are three additional hydrophones, two of
which are placed collinear with, and 1 m to either side of the
center of, the uppermost row of 4 hydrophones to provide
larger horizontal aperture. The wet-end digitizing and telem-
etry hardware are located in the pressure cases at the top of
the array.

The signal conditioning, digitizing, and telemetry hard-
ware are located in the pressure cases at the top of the array.
The signal conditioning hardware is composed of a low-
electrical-noise operational amplifier that provides 60 dB of
gain in the 400 Hz to 28 kHz frequency band. This amplifi-
cation is required to make use of the full dynamic range of
the 16-bit analog-to-digital (A/D) converters. These A/D
converters are of the delta-sigma design (Candy and Temes,
1992); that is they use an initial 64 times oversampling, an
anti-aliasing filter that operates on the digitized samples (An-
toniou, 1979), and a decimator to reduce the output sampling
rate to 24 Ksamples/s. The benefits of this delta-sigma de-
sign include the fact that the anti-aliasing filtering is per-
formed digitally so that the properties of the filter do not
change over time and that the filter has unity gain with a
frequency-independent response up to nearly half the sam-
pling frequency. The digitized data then are time-division
multiplexed onto a common data bus and transmitted along a
single mode fiber-optic cable by a laser diode to the record-
ing system on R/P FLIP.

Above the pressure cases is a hydrodynamic, syntactic-
foam float that provides 2224 N of positive buoyancy to
keep the array vertical. The array itself is free to pivot at the
single-point attachments at the top and bottom of the draw-
ing in Fig. 3. Upon deployment, three tiltmeters were at-
tached to the array support frame to measure heading, pitch,
and roll of the array, as well as water temperature and depth.
Additional details of the hardware are contained in Skinner
et al. (2003).

The array was deployed about 12 m horizontal distance
from FLIP’s hull, off one of FLIP’s booms. The weight at the
lower end of the array was set on the ocean bottom, resulting
in the geometric center of the array being located at about
170 m depth. The array recorded data from all 131 hydro-
phones nearly continuously over the 8-day period from 23 to
30 July, 2002.

lll. DATA ANALYSIS APPROACH
A. Spectral analysis

To provide a pictorial guide to the acoustic data col-
lected in the experiment, gray-scale plots showing the time
and frequency dependence of the spectral levels (“spectro-
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FIG. 2. Bathymetry map of the “40-Mile Bank” and the
“43-Fathom Spot,” with the mooring location of R/P
FLIP indicated by a star. The azimuthal interval from
310° to 0° corresponds to the direction of arrival of the
energy from the chorus discussed in this paper. Because
of the 2D geometry of the billboard array used to make
the measurements and the omnidirectionality of its in-
dividual hydrophone elements, the results of beamform-
ing in azimuth have a reflection symmetry about the
horizontal axis of the array. This symmetry is called the
“left-right ambiguity.” Since the array was oriented in
\ the east-west direction when the chorus azimuthal di-
{ rectionality was measured, the chorus energy could
equally well have come from a second, “ambiguous”
azimuthal interval from 180° to 230°, as shown.
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grams”) are created with data from selected hydrophone el-
ements. These spectrograms span the full 12 kHz array band-
width and cover 2-min sequential periods of time over the
complete duration of data recording. The spectrograms are
created by dividing the time series into equal-length seg-
ments having 50% overlap, fast Fourier transforming (FFT)
each segment after windowing with a Kaiser-Bessel window
of a equal to 2.5 (the value of a determines the degree of
window tapering on either side of the peak, with increasing
values of « resulting in greater degrees of taper; Harris,
1978), and then properly calibrating and plotting the results.
To obtain spectral density estimates, the frequency bin
squared amplitudes are averaged over a sufficient number of
fast Fourier transformed segments so that the 90% confi-
dence limits typically are within 1 dB about the estimate.

B. Beamforming

Both conventional plane wave beamforming (abbrevi-
ated “CBF”) and white-noise-constrained adaptive plane
wave beamforming (“ABF’) methods were used in the
analysis of the underwater acoustic array data. White-noise-
constrained beamformers are designed to provide some of
the higher spatial resolution and interferer cancellation capa-
bilities of minimum variance adaptive beamforming while
maintaining a portion of the robustness of conventional
beamforming (Cox, Zeskind, and Owen, 1987; Gramann,
1992). The constraint value is a free parameter that allows
the beamformer to be “tuned” to the properties of a given
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signal and noise structure given deviations from the underly-
ing assumptions made in the processing (e.g., that the ele-
ment responses are identical and their positions are known
exactly, that the propagation across the array is plane wave in
nature, that correlated multipath does not exist, etc.). The
white noise constraint, in effect, restricts the maximum
length of the element weight vector used in weighting the
individual sensor data prior to the phase-advance/delay-and-
sum process. Setting the constraint value equal to 10 log(N),
where N is the number of array elements, is equivalent to
conventional beamforming, and the beamformer becomes in-
creasingly more adaptive with decreasing constraint value.
The beamforming implementations used in this paper operate
in the frequency domain so that other parameters set a priori
in the beamforming process are those associated with esti-
mating the data cross spectral matrices (i.e., the FFT length,
the percentage overlap in the time series segments used in
obtaining realizations of the cross spectral matrix, and the
number of realizations incoherently averaged).
Conventional beamforming was used exclusively for
processing data from physical aperture in the vertical direc-
tion because of the problem of correlated multipath with
adaptive beamformers (Cantoni and Gondara, 1980). Be-
cause of this correlated multipath issue for ABF, and because
of limited aperture in the horizontal direction, a combined
CBF/ABF technique was used with the 2D midfrequency
billboard array data. The complex pressure recorded by each
element at a given frequency was spatially fast Fourier trans-
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FIG. 3. Schematic of the 131-element, 2D billboard array. Only the 128
hydrophones comprising the 4 vertical staves of 32 elements each are
shown.

formed across each vertical stave after spatial windowing
with a Kaiser-Bessel window of « equal to 1.5 (Harris,
1978). The corresponding spatial frequency bin for each ver-
tical stave was extracted, thereby creating an equivalent
4-element horizontal array at the array mid-depth (about
170 m) with individual elements having a vertical directivity
given by the plane wave response of the single-stave FFT
beamformer. White-noise-constrained ABF then was used
with this horizontal array of 4 vertically directional elements
to perform beamforming in azimuth. (Conventional beam-
forming also was used at this stage in some cases). This
process was repeated for all vertical spatial frequency bins to
yield the matrix of vertical/azimuthal directionality esti-
mates. The vertical directionality results in Sec. IV are plot-
ted as a function of fractional vertical spatial sampling fre-
quency, where the spatial sampling frequency is the inverse
of the interelement spacing of 0.2 m, to avoid the nonlinear
distortion at angles away from broadside caused by convert-
ing from wave number to physical angle.

C. Beam-to-beam coherence squared estimates

Coherence squared estimates between the various pairs
of vertical beam output time series are presented in Sec. IV
as one indication of the possible spatially diffuse nature of
the source(s) contributing to the midfrequency chorus. The
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coherence squared estimate at a given frequency is a statis-
tical measure of the degree of linear relatedness between two
time series at that frequency (Bendat and Piersol, 1986). For
example, a coherence squared estimate of 0.5 at a specific
frequency indicates that 50% of the variability in one time
series can be predicted from the variability in the other time
series at that frequency. A spatially concentrated source in a
multipath environment such as the ocean creates arrivals in
various vertical directions that are coherent with respect to
one another. In contrast, the multipath arrivals from a spa-
tially diffuse source region become mutually incoherent due
to the process of summation of the multipath contributions
over the various portions of the source region (see D’Spain et
al. 2001, and the references therein). In order to put confi-
dence limits on the coherence squared estimates, the prob-
ability density function, or cumulative distribution function,
of the estimate must be known. The actual cumulative distri-
bution function of the coherence squared estimate for two
stationary Gaussian time series is given in Table 1 of Carter,
Knapp, and Nuttall (1973) in terms of a finite sum of Gauss
hypergeometric series. The expression simplifies to the fol-
lowing finite geometric series if the true population coher-
ence squared is assumed to be zero:

P =1-[1- 31" (1)

The value of N is the number of statistically independent
estimates of the cross and auto spectra which are averaged
together to calculate |$|?>. Equation (1) can be used to deter-
mine the value of |y,|?> such that

Prob(|9 = [y*) < 1= P( %), (2)

assuming that the true |y|>=0. The value of |y,|* correspond-
ing to the 95% confidence level is used as the lowermost
value on the color scales of the beam-to-beam coherence
squared plots presented in the next section.

IV. OBSERVATIONS OF NIGHTTIME CHORUSES
IN THE MIDFREQUENCY BAND

The remarkable effect of the nighttime choruses on the
vertical directionality of the midfrequency ocean noise field
is illustrated in Fig. 4. It shows an increase of 20 dB in the
horizontal beam levels at the array’s design frequency of
3.75 kHz. The daytime profiles at two selected azimuths of
arrival have notches in the horizontal direction that are
nearly 15 dB lower in level than at higher angles of arrival
due to the fact that the predominant noise sources (e.g., wind
generated ocean surface wave activity, surface ships) occur
at or near the ocean surface. However, the pattern of the
nighttime profiles is completely reversed; levels in the hori-
zontal direction exceed those at higher angles by more than
10 dB. The frequency content of the choruses is shown in the
upper curve in Fig. 5. The lower curve in the plot is the
horizontal beam spectral density during a quiet afternoon
period for comparison. The chorus sounds are composed of
two broad peaks, centered at 1.5 kHz and between 4 and
5 kHz. The peak in the upper curve at 7.5 kHz marks the
frequency above which spatial aliasing occurs.
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As stated in the following, individual sounds with the
frequency content of the chorus are not clearly discernible in
the data regardless of the type of processing employed.
Rather, all the evidence from the analyses of the data sug-
gests that the received level is the sum of the energies of the
individual calls from all the animals comprising the chorus.

However, if one assumes for the sake of argument that the
received level is due solely to an individual animal at 2 km
range, then the source level for this animal can be estimated.
Calculations using the CASS/GRAB Gaussian ray bundle code
(Weinberg and Keenan, 1996) show that the transmission
loss in the 4—5 kHz band over a 2 km range is 65-70 dB for
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FIG. 5. Calibrated spectral densities from the horizontal
beam output of a single vertical stave of the MF bill-
board array. The upper curve was estimated from data
recorded at 2 a.m. local time (09:00 GMT), 24 July, and
the lower curve is from data recorded during a low-
noise period (00:46 GMT, 25 July). The high-pass-
filtering effects of two resistor-capacitor filters with cor-
ner frequencies at 350 and 500 Hz, and the low-pass
b response of the anti-aliasing filter above 11 kHz have
not been taken into account.
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a shallow source (3—15 m) and is as little as 60 dB for a
deeper source (50—70 m). The horizontal beam spectral den-
sity level in Fig. 5 is 45-50 dB re 1 uPa?/Hz. Therefore, the
source  spectral  density  is 105to 120dB  re
1 uPa’?/Hz@ 1 m. Integrating this spectral density over a
frequency band 1 kHz wide, assuming the spectral density
levels are approximately constant over this 1 kHz band, adds
30 dB (equal to 10" log 10(1000 Hz)), resulting in an esti-
mated source level of 135—-150 dB re 1 uPa@ 1 m. This es-
timated source level is in the realistic range for an individual
fish or other type of marine animal. Again, however, all the
evidence indicates that the received level is associated with a
chorusing behavior of a collection of animals and not just
one animal.

The temporal variability of the chorus energy is pre-
sented in Sec. IV A followed by a discussion of its azimuthal
directional characteristics.

A. Temporal character

To examine the temporal character of the choruses, spec-
trograms of a single stave’s horizontal beam output were
created over 1-h periods. Figure 6 presents the 1-h beam
spectrogram starting about 10 min before local sunset on 23
July, 2002. The horizontal “hatch” marks in the 100—-400 Hz
band that occur at regular %—min intervals, the signals in the
2.5-3.1 kHz band, and those above 8 kHz are recordings of
active signals transmitted during the experiment. In addition,
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the dots most clearly seen at 3.1, 4.2, 5.5, and 6.8 kHz that
occur once every 3 min are generated by the submarine bea-
con on the hull of FLIP. Spatial aliasing exists above
7.5 kHz; the broadside beam of an equally spaced hydro-
phone line array is spatially aliased at frequencies above
twice the array design frequency. The most prominent fea-
ture of the plot is the appearance of the “clouds” of energy
around 1.5 kHz and 3.5-6.5 kHz shortly after sunset. These
two clouds display identical variability in level over time,
indicating that they most likely come from the same
source(s). Over the first half-hour or so, the levels oscillate
with a period of 5.5—6 min, becoming fairly steady at the
end of the hour period. A narrow band of energy at 400 Hz
begins to appear at the 35-min mark and a second, narrower
band at 200 Hz starts somewhat earlier. Both of these low
frequency bands are believed to also be biological in origin,
although from a different source than the midfrequency en-
ergy since they have different temporal dependence.

The low frequency bands do not appear later in the
evening, and are absent in the hour-long horizontal beam
spectrogram starting a half-hour before local midnight; Fig.
7. However, the energy centered at 1.5 kHz and in the inter-
val 3.5-6.5 kHz still is the prominent feature of the plot. In
fact, the levels of these midfrequency sounds were higher
during this time interval than at any other time over the 8
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-day period of data recording. The broadband interference
pattern below 1 kHz of an approaching surface ship can be
seen in the final 5 min of the plot.

As sunrise approaches, the midfrequency energy disap-
pears as shown by the hour-long spectrogram starting at
12:02 GMT (5:02 PDT) in Fig. 8. Interference from a surface
ship in the periods between 10 and 22 min and after 35 min
cover the detailed temporal behavior of the biological energy
as it decreases in level. However, it clearly has decayed to
near-background levels by the end of the 1-h period, just
after sunrise.

The variations in chorus levels in the 5 kHz bin over the
nights of 24 July and 25 July are shown in Fig. 9. The
5.5—6 min oscillatory nature of the levels at the beginning of
the chorusing is clearly evident between hours 3 and 4 on the
24th and to some extent on the 25th. The large-amplitude
points just after hour 4 on the 24th are due to active signal
transmissions as are the spikes between 07:00 and 09:00
GMT (hours 7 and 9). The spikes most evident in the last
hour of the upper curve are caused by transmissions from the
submarine beacon on FLIP. Gaps in the lower curve around
06:00, just prior to 07:30, and after 11:30 are due to tempo-
rary stoppages in the data recording system. The chorus lev-
els themselves show a steady increase to maximum levels in
the hour just before local midnight between 06:00 and 07:00
GMT, followed by a slower decline in levels over the re-
mainder of the nighttime period. The regular nature of this
variation is punctuated by half to one-hour periods where the
levels increase (e.g., just before hour 10, just after hour 11,
between hours 12 and 13 in the upper curve) or decrease
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(around the 4-h mark in both curves). This type of diurnal
dependence—absent during the day and prevalent much of
the nighttime period—is a common feature of the biological
choruses identified in the ocean acoustic measurements in
the Southern California Bight (D’Spain et al., 1997; Johnson,
1948; Fish, 1964).

Horizontal beam spectrograms of 1- and 2-min duration
were created to search for individual calls in these biological
choruses. No individual signals are apparent, except possibly
in one or two 2-min periods. By prewhitening the spectra
(i.e., normalizing by an averaged background spectrum) and
plotting the results with a small dynamic range after band-
filtering between 500 Hz and 7.4 kHz (re Fig. 10), individual
signatures predominantly in the 4—5 kHz bands become vis-
ible. These signals, when played back through a speaker,
have a fluttering, rasping character.

The lack of visually distinguishable individual calls in
the beam spectrograms may be the result of a combination of
significant distance between the source region and receiving
array and the creation of the sounds by large numbers of
individuals. Support for the spatially diffuse nature of the
sources is provided by coherence squared estimates between
the vertical beams. Figure 11 shows a comparison between
the vertical beam-to-beam coherence squared estimates at
4470 Hz obtained during a period when the midfrequency
biological chorus was the dominant received sound (a) and at
the time that a low-level tone at this frequency was transmit-
ted from a controlled acoustic source (an electroacoustic pro-
jector) at 52 m depth and 2.0 km range (the same distance as
the 43-Fathom Spot, but in the opposite direction). Both the
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received chorus levels and the received levels from the con-
trolled source are much greater than the background (wind-
generated) noise in the 4470 Hz bin. The statistically signifi-
cant coherence squared values in the off-diagonal bins in
panel (b), caused by correlated multipath arrivals, are indica-
tive of the spatially concentrated nature of the controlled
source. None of the off-diagonal coherence squared esti-
mates in panel (a) during the period of high-level chorusing
of Fig. 11 are statistically significant because the range inte-
gration resulting from a spatially distributed source region
effectively decorrelates the multipath components (D’Spain
et al., 2001).

The midfrequency chorus sounds were recorded con-
tinuously over several-hour periods on two consecutive
nights (24 and 25 July) of the 8-day experiment in 2002.
Single element spectrograms over the entire 8-day experi-
ment showed no evidence of the chorus from any other
night’s data except for a half-hour period just before sunrise
on 27 July. Horizontal beam spectrograms about this time
period (created in the same way as those in Figs. 6-8) indi-
cate that the chorusing was detectable for about 3 h, but was
quite weak except during this half-hour period. Likewise, at
other nighttime periods during the 8-day experiment, the ar-
ray gain provided by the billboard array permits the chorus
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FIG. 9. Time series of the horizontal beam spectral den-
sity level at 5 kHz over two consecutive nights. The
upper curve is for 24 July, covering the 11-h period
from 03:00 to 14:00 GMT (20:00 to 07:00 PDT),
whereas the lower curve covers the 8.5-h period on 25
July from 03:00 to 11:28 GMT.
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starting at 11:52 GMT (04:52 PDT), 24 July, after normalizing by an aver-
aged and smoothed background spectral density curve.

to be detected in the horizontal direction at certain azimuths.
However, it clearly is not detectable on the horizontal beams
in most other nighttime intervals. This ephemeral nature of
the nighttime chorus probably is due to temporal variability
in the level of sound production and/or as the spatial mobil-
ity of the source region(s).

B. Azimuthal directionality

The four vertical staves of the MF billboard array (Fig.
3) provide only modest horizontal aperture. In addition, the
planar geometry of the array creates a left-right ambiguity in
the horizontal direction. Nonetheless, this horizontal aperture
has proven to be extremely valuable in the analysis of the
wind-driven ocean noise field (reported elsewhere) as well as
the biological sounds. Figure 12 shows a plot of the beam-
former output spectral density at 1500 Hz as a function of
vertical angle and azimuth. The combined CBF in the verti-
cal and ABF in the horizontal (Sec. III), with a white-noise
constraint 3 dB down from conventional, was used to create
the plot. The arriving energy is concentrated in one interval
of azimuths relative to endfire (endfire is defined as the di-
rection where a source is collinear with each of the 32
4-element horizontal line subarrays that make up the 2D bill-
board array). Using the heading data from the tiltmeters
mounted on the array (Fig. 3), one of two possible physical
azimuthal intervals is indicated in Fig. 2 by the radial lines at
0° and 310°. As Fig. 2 shows, this azimuthal interval encom-
passes the 43-Fathom Spot. Therefore, with the caveat that
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FIG. 11. Matrices of the vertical-beam-to-vertical-beam coherence squared
estimates at 4470 Hz from a single vertical stave’s data at two different time
periods. The data in (a) were recorded at 06:32 GMT (23:30 PDT), 24 July,
when the mid-frequency biological chorus was the dominant sound, and
those in (b) were recorded 4 days later at 03:00 GMT 27 July (20:00 PDT
26 July) when a controlled source at 52 m depth and 2 km range was trans-
mitting a low-level tone. The lowermost value of the gray-scale in the plots
is the 95% confidence level for the coherence squared estimates assuming
that the true population coherence squared is zero (re Sec. II).

the billboard array suffers from a left/right ambiguity, the

biological sounds are associated with the 43-Fathom Spot.
A frequency of 1500 Hz was used to create Fig. 12 be-

cause it is the frequency of the highest-level peak in the
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biological spectral density in Fig. 5. Finer horizontal resolu-
tion can be obtained by beamforming on the energy at higher
frequencies. Therefore, processing was performed at each of
the frequency bins in the third-octave band centered at
4500 Hz, i.e., from 4000 to 5050 Hz, and the resulting
beamforming outputs were inherently summed. These fre-
quencies are above the design frequency of the array so that
spatial aliasing occurs. However, as mentioned earlier in this
section, the broadside beam for an equally spaced hydro-
phone line array is not contaminated by aliasing until the
frequency is increased to almost twice the array design fre-
quency. Therefore, the horizontal beam in the vertical direc-
tion is not affected by spatial aliasing. In contrast, the beams
in azimuth do suffer from spatial aliasing since the array is
not necessarily aligned broadside to the biological source
azimuth. By summing across frequency, the main lobe en-
ergy, which is fixed in direction with respect to changes in
frequency, is enhanced whereas the grating lobe and sidelobe
energy is smeared since its location in azimuth changes with
frequency. Figure 13 shows the results of this processing for
the horizontal beam in the vertical direction as a function of
azimuth and of time over a 50-min time period starting at
06:30 GMT, 24 July (the same start time as Fig. 7). Most of
the energy on the right side of the plot at azimuth angles
relative to endfire greater than 130° is due to spatial aliasing
of the energy arriving in the angle interval of 30°-60°.
Therefore, the plot indicates two distinct source regions, one
around 90° azimuth relative to endfire and one between 30°
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FIG. 12. Beamformer output spectral density at
1500 Hz as a function of fractional vertical spatial sam-
pling frequency and azimuth relative to array endfire,
based on 5.5 s of data starting at 09:00 GMT (02:00
PDT), 24 July, the same segment of time series as that
used for the right-hand panel in Fig. 4.

180

and 60° azimuth relative to endfire, for this biological energy
over this time period. Over this time period, 0° relative to
endfire corresponds to 280° true and 180° relative to endfire
to 100° true. Therefore, broadside at 90° relative azimuth
corresponding to the arrival direction from one source region
is either 10° or 190° true, due to the left/right ambiguity of
the 2D array. The other arrival direction of 30°-60° relative
to endfire corresponds either to 310° to 340° true, or 220° to
250° true. Therefore, the true azimuths of arrival of both of
the bands of energy during this time period are associated
with the direction towards the 43-Fathom Spot, again with
the caveat of the left/right ambiguity of the planar array.

Beamforming in azimuth at other time periods indicate
that the chorus energy does not always arrive from the direc-
tion of the 43 Fathom Spot. Rather, it can come from direc-
tions to the east or west of that location.

V. DISCUSSION

As presented in Sec. IV, the azimuths of arrival of the
midfrequency biological chorus correspond to the direction
toward the 43-Fathom Spot to the northwest of the FLIP site
during the period when the received chorus levels reached
their maximum values in the 8-day experiment. Over this
time period, the chorus emanates from two separate source
regions (Fig. 13). The energy arrives in vertical angles con-
centrated about the horizontal either because the source(s)
themselves are located at significant depth in the water col-
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umn (providing strong evidence of their biological nature) or
because of downslope conversion of higher angle energy due
to interaction with the southeast-facing flank of the bathym-
etry, or both. The vertical beam-to-beam coherence squared
results suggest that the chorus source region is spatially dif-
fuse, i.e., that it exists on spatial scales significantly greater
than the multipath interference wavelengths.

During the 8-day experiment, the biological chorus was
predominant on two consecutive nights, 24 and 25 July,
2002. This time period corresponds to the time of a full
moon. Previous work on biological sounds has shown a re-
lationship between the level of chorusing activity in some
species and the level of moonlight (Fish, 1964). Therefore,
changes in moonlight levels may be related to the changes in
the chorusing observed in MFnoise-02b. Alternatively,
changes in lunar cycle result in changes in tidally driven
ocean currents which may have caused the observed changes
in biological activity. Ocean currents in the lower third of the
water column, as measured by a downward-looking acoustic
Doppler current profiler (ADCP), were particularly strong
during the full moon period, reaching speeds up to 0.3 m/s
(Terrill, 2003). In any case, a significantly longer time series
of underwater acoustic measurements is required to deter-
mine if an actual association exists between lunar cycle and
the midfrequency chorus levels or is coincidental.

The 2002 Mid-Frequency Noise experiment was not de-
signed to record biological sounds. In fact, identification of
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FIG. 13. Azimuthal directionality of the vertical beam
energy at and near the horizontal direction as a function
of time over a 50-min period starting at 06:30 GMT 24
July. The beamforming output amplitude squared was
integrated over a 1/3-octave band centered at 4500 Hz.
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the midfrequency chorus as biological in nature occurred
only during the analysis of the data after the experiments.
Therefore, no information was collected during these experi-
ments specifically to aid in determining the species creating
the sounds. However, as part of another program largely
funded by the National Geographic Society, scientists from
the Scripps Institution of Oceanography and elsewhere de-
ployed a bottom-tethered instrument containing a camera and
strobe light on the 40-Mile Bank. The 18-h period of deploy-
ment encompassed the nighttime hours of 24 July, when the
midfrequency chorus levels were highest. Hardy et al. (2002)
provides one of the images collected by the digital camera
system (their Fig. 6). The bottom-dwelling animals contained
in the picture include red crabs (Galathea californica), Pa-
cific hagfish (Epratretus stoutii), a pink urchin (Allocentrotus
fragilis), a short-spined combfish (Zaniolepis frenatus), and
an amphipod swarm (identified by E. Kisfaludy, Scripps In-
stitution of Oceanography, 2002). It is unknown whether or
not any of these species produce biological choruses.

The 43-Fathom Spot 2 km to the northwest of FLIP’s
location is a popular Southern California fishing site. The
catch there includes bluefin and bigeye tuna, yellowtail, mar-
lin, albacore, skipjack, and dorado (Eschmeyer, Herald, and
Hammann, 1983). Fishing is best during times of strong
easterly-flowing currents. The diet of these game fish in-
cludes small fishes (e.g., anchovies) and squid. Additionally,
more than twenty-five species of rockfish have been found in
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the area of the 43-Fathom Spot (Mary Yoklavich, NOAA
Fisheries, 2005) at least one of which, the bocaccio, is
known to produce sound. The frequency content of the sec-
ondary broad spectral peak of the midfrequency chorus (re
Fig. 5) is quite high for fish-generated sounds (Fish and
Mowbray, 1970). High level sounds are created by fish
through amplication by their swim bladders (Tavolga, 1964b)
and the resonance frequencies of swim bladders typically are
in the few hundred hertz range, an order of magnitude lower
than the center frequency of the 4—5 kHz energy in Fig. 5.
However, other mechanisms such as caudal fin cavitation
(M. Ball, Scripps Aquarium, 2003) or stridulation (Tavolga,
1964b) may account for the midfrequency nature of the cho-
rus.

The 4-5 kHz spectral peak in Fig. 5 actually is more
representative of those measured near colonies of snapping
shrimp (University of California Division of War Research,
1946). However, snapping shrimp colonies are found in wa-
ters less than 60 m in depth, which are located more than
30 km from the site (Fig. 1). In addition, snapping shrimp
sounds show a smaller degree of diurnal variability (Everest,
Young, and Johnson, 1948; University of California Division
of War Research, 1946) and tend to vary little on weekly and
monthly time scales because of the sessile nature of the colo-
nies (Everest, Young, and Johnson, 1948; Fish, 1964). Other
types of invertebrates are known to generate sound (Fish,
1964; Cato, 1978). In fact, the spectrum of New Zealand
evening choruses associated with the sea urchin Evechinus
chloroticus (from R. 1. Tait as reported in Fish, 1964) shows
a peak at 1.5 kHz, exactly in correspondence with the lower
frequency portion of the midfrequency chorus in the upper
curve in Fig. 5. However, a spectral energy peak in the
4-5 kHz band is not present in Tait’s data. As mentioned
earlier, it is unknown whether or not the pink urchin seen in
the photograph of the ocean bottom of the 40-Mile Bank
creates a midfrequency chorus. Additional invertebrates
identified in benthic community surveys at the 43-Fathom
Spot include numerous sea stars, species of squid and octo-
pus, several sea urchins, and many species of crab (Mary
Yoklavich, NOAA Fisheries, 2005), although none of these
species are confirmed sound producers.

An underwater acoustic experiment with the same 8
-day duration and at almost the same time of year as the
MFnoise-02b experiment (16-23 July versus 23-30 July)
was conducted on the west side of San Clemente Island
(around 32° 55’ N, 118° 34" W in Fig. 1) in 1963 (Wenz,
Calderon, and Scanlan, 1965). Two omnidirectional hydro-
phones were deployed near the ocean bottom in water depths
of 110 and 823 m. Results from averaging by eye the
1/3-octave band analog filter outputs (with “...some dis-
crimination against large short-term transients”), measured
for 15 min at the beginning of each hour over the 8-day
recording period are presented by Wenz, Calderon, and Scan-
lan (1965). Their results indicated large diurnal variability at
1/3-octave center frequencies from 40 Hz to 3.15 kHz. Two
biological choruses, one in the 100—250 Hz band and a sec-
ond from 160 to 1000 Hz, were identified by these authors,
and then further subdivided into three low frequency cho-
ruses by Thompson (1965). This work by Naval Electronics
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Laboratory personnel represents a significant addition to the
characterization of the biological contributions to the South-
ern California Bight ocean acoustic field, initiated during
World War II at the University of California Division of War
Research (U.C. Div. War Research, 1946; Everest, Young,
and Johnson, 1948; Johnson, 1948). Although a chorus at
midfrequencies is not identified, the 1/3-octave band spec-
tral levels at center frequencies of 2 and 3.15 kHz show
diurnal-scale changes of up to 10 dB. Much of this variabil-
ity may be associated with diurnal changes in wind speed, as
pointed out by the authors. However, on some days the varia-
tions in level have a bimodal character, possibly suggesting
that more than one process contributed to the daily fluctua-
tions in ambient noise levels. The 16-23 July, 1963 period
did not include a full moon, but did contain a new moon
when tidally driven current flow also can be high. In any
case, measurements with omnidirectional hydrophones may
not allow various naturally occurring processes with similar
scales of temporal variability to be differentiated.

Future studies would ideally include the ability to iden-
tify sound-producing organisms at the time that chorusing is
recorded. One example would be to deploy a hydrophone
array from FLIP moored near the 43-Fathom Bank and pro-
cess the acoustic data in near real time. When the chorusing
sounds are identified, an autonomous underwater vehicle
(AUV) would be deployed to the area where the chorus
sounds are coming from. The AUV would simultaneously
record acoustic data and video data of the organisms in the
region. Another approach might be to capture some of the
animals in the area. Sound recordings of these captive ani-
mals could be made. Having examples of biological sounds
produced by organisms found in the study area may lead to
the identification of specific sounds recorded in the 2002
experiment.

Individual calls with the spectral content of the biologi-
cal choruses cannot be seen in the beam spectrograms. How-
ever, other individual sounds of apparent biological origin
are visible and can be heard clearly when the time series is
played back through a loudspeaker. For example, sounds
from barking sea lions (sea lions vocalize underwater as well
as in air (Schusterman et al., 2000) were present on most of
the days of data recording. (California sea lions, Zalophus
californianus, are the most prevalent pinniped off the South-
ern California coast; Carretta et al. 2002). In addition, calls
that sound somewhat like a combination of a gobbling turkey
and a squealing pig occurred repeatedly over 1- to-2-min
periods on a few of the nights. The source of these sounds,
coming from much shallower depths than the array deploy-
ment depth of 170 m, is unknown.

VI. CONCLUSIONS

A biological chorus with energy in two broad spectral
peaks centered around 1.5 and 5 kHz occurred predomi-
nantly over two consecutive nights corresponding to a full
moon period during an 8-day experiment in July, 2002. The
large-aperture, multi-element aspect of the 131-hydrophone
2D billboard array deployed during the experiment provides
increased detection capability of this midfrequency chorus in
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the presence of interferers (mostly ships) and background
noise as well as high resolution estimates of its directionality.
The azimuths of arrival of the chorus energy correspond
mainly to the direction toward the 43-Fathom Spot, a popular
southern California fishing spot 2 km to the northwest of the
experiment site. Beamforming results at the highest possible
frequencies show that the chorus emanates from two separate
source regions during the time period when the received cho-
rus levels were at their highest values. The spatially diffuse
nature of the source region is supported by the lack of sta-
tistically significant coherence between the various vertical
beam outputs during the chorus-dominated periods. Indi-
vidual sounds that contribute to the chorus are difficult to
isolate from the background noise of the chorus itself, sug-
gesting that the source region(s) is located at some distance
from the experiment site. However, for one or two short
periods, individual signals do appear to be barely distin-
guishable (either visually in beam spectrograms or audibly
when the time series are played through a loudspeaker); they
have a fluttering, rasping character.

The sound producers could be marine mammals, a num-
ber of fishes, several invertebrates, or a combination thereof.
At this time, the biological species contributing to the cho-
rusing are unknown.

In the vertical direction, the occurrence of the chorus
results in an extraordinary reversal in the directional charac-
teristics of the midfrequency ambient sound field between
day and nighttime periods. That is, during the day, back-
ground noise levels near the horizontal are nearly 15 dB
lower than at higher angles of arrival because the dominant
midfrequency noise sources (surface ships and wind-
generated ocean surface wave activity) are located at, or
near, the ocean surface and because the summertime water
conditions during the experiment were such that the sound
speed profile was strongly downward-refracting. During the
nighttime periods when the biological chorus sounds are
present, the levels in the horizontal can exceed those at other
vertical angles of arrival by more than 10 dB.

These results have significant implications for midfre-
quency sonar system performance. In particular, for systems
with large vertical aperture, a modest amount of horizontal
aperture permits discrimination against these kinds of inter-
fering biological noise.
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Acoustic detection of North Atlantic right whale contact calls

using the generalized likelihood ratio test
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This paper addresses the problem of passive acoustic detection of contact calls produced by the
highly endangered North Atlantic right whale Eubalaena glacialis. The proposed solution is based
on using a generalized likelihood ratio test detector of polynomial-phase signals with unknown
amplitude and polynomial coefficients observed in the presence of locally stationary Gaussian noise.
The closed form representation for a minimal sufficient statistic is derived and a realizable detection
scheme is developed. The receiver operation characteristic curves are calculated using empirical
data recordings containing known right whale calls. The curves demonstrate that the proposed
detector provides superior detection performance as compared with other known detection

techniques for northern right whale contact calls. © 2006 Acoustical Society of America.
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I. INTRODUCTION

Passive acoustic detection of acoustically active animals
has become an increasingly important area of research. The
successful application of automatic acoustic detection algo-
rithms is particularly critical for monitoring endangered spe-
cies or in cases where sound is the most effective detection
modality.l_6 Inherent in biological detection is the challenge
of coping with natural variation in signal features. Although
some animal acoustic signals are highly stereotyped, all bio-
logical signals contain variability and in many, such variabil-
ity is considered adaptive.7 For highly adaptive signals such
as long-distance contact calls, selection often favors sounds
optimized for a habitat’s sound transmission and ambient
noise characteristics, which leads to constraints on basic
acoustic features such as call duration, bandwidth, and center
frequency.8 Thus, for example, the contact call of the highly
endangered northern right whale Eubalaena glacialis is a
simple, frequency-modulated (FM) upsweep in the 50—
400 Hz frequency band lasting about 1 s.% Within these
constraints, contact calls exhibit variability in initial fre-
quency, FM rate, duration, and bandwidth. Given these con-
siderations, a detection algorithm must achieve a balance be-
tween incorporating enough variability so as to be successful
at detecting the signal of interest, while limiting the extent to
which variability is included so as to be efficient.

In its simplest form, the problem of signal detection can
be cast in the framework of binary hypothesis testing, in
which an observation must be assigned to one of two pos-
sible outcomes; presence or absence. Optimal detectors mini-
mizing the average number of detection errors can be devel-
oped using statistical decision theory. There are many
optimal methods or strategies that could be applied, such as
Bayesian, Neyman-Pearson, maximum likelihood (ML),
min-max, constant false alarm rate (CFAR), and others.'*'
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The choice of the method depends on the goals and condi-
tions existing in a particular application. However, all of the
optimal strategies are similar in the sense that they use the
likelihood ratio test. The likelihood ratio is a minimal suffi-
cient statistic for the whole class of optimal hypothesis test-
ing methods. Therefore, the structure of the detector as well
as its performance is completely specified by the statistic
being used.

In this paper, the problem of passive acoustic detection
of North Atlantic right whale (NARW) contact calls using a
single hydrophone as a sensor is considered. The main goal
of the paper is to derive a closed form representation for the
minimal sufficient statistic. To solve this problem, a statisti-
cal model of the observed process is developed. The NARW
contact calls are represented as a family of polynomial-phase
signals (PPS) with unknown amplitude and polynomial co-
efficients. To model ambient noise, a locally stationary
Gaussian random process is used. Based on these models, the
closed form representation for the generalized likelihood ra-
tio test (GLRT) is derived.

The second goal of this paper is to design a realizable
GLRT-based detection scheme. We show that a GLRT-based
statistic can be calculated using a bank of matched filters
(MF) with frequency responses specified by the polynomial
coefficients of the PPS. The polynomial coefficients can be
chosen from a training data set consisting of a number of
NARW contact calls selected by a human operator. We de-
sign a robust and computationally efficient algorithm for cal-
culating the MF output. The algorithm is reduced to dividing
the data recording into chunks that are 8—16 s long. For each
chunk of data, the fast Fourier transform (FFT) spectrum is
calculated, the noise power spectrum density (PSD) is esti-
mated, and the data are normalized. To obtain a robust PSD
estimate, median filtering of a data spectrogram is proposed.
Then the MF output is computed as the inverse FFT of the
product of the normalized data spectrum and the frequency
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response of the MF. The outputs of P MFs are compared, and
the maximum is taken. This results in the GLRT-based sta-
tistic.

It is important to note that ambient noise can include
transient sounds from biological and man-made sources. This
can be particularly true in the western North Atlantic for
portions of the year when singing humpback whales occur in
areas frequented by right whales.” Humpback transients were
not a concern in these data analyses since no singers were
evident in any of the recordings. Because of noise transients
the accuracy of the proposed noise model can be seriously
degraded. However, as the tests demonstrate for the data con-
sidered here, the Gaussian model is acceptable for about 90%
of the observed ambient noise conditions. As a result, the
proposed GLRT detector exhibits optimality properties in
empirical situations even when the probability of occurrence
of transient noise is high.

The detection performance of the GLRT detector was
compared with the performances of some nonparametric and
heuristic NARW detection techniques described in the litera-
ture. This included comparisons to the square-law “energy”
detector,11 the spectrogram cross-correlation detector,B’15
the “edge” detector,'® and a technique based on the
Kolmogorov-Smirnov test.'” The detection performance was
tested using empirical data recordings that included 1283
NARW contact calls occurring over a continuous 31-day pe-
riod and two 24-h data subsets with the lowest and highest
impulsive noise rate. The resultant receiver operating char-
acteristics (ROC) were used as the basis for performance
comparisons. These comparisons demonstrate that in the re-
gion of the detection probability 0.75 and more, the GLRT
detector reveals the optimality property that it provides the
highest probability of detection for a given false alarm prob-
ability.

Il. OBSERVATION MODEL AND THE MINIMAL
SUFFICIENT STATISTIC

It is assumed that the sensor provides a digitized series
of real-valued samples x(¢), t=1,2,..., with sampling rate
greater than twice the highest frequency in a right whale
contact call. The observed process can be represented as

x(1) = 2 Asilt =) + w(0), (1)

where s;(¢) is the wave form of the ith signal of interest (i.e.,
NARW contact call), A; is the unknown positive nonrandom
scalar representing the amplitude, 7; is the time-of-arrival
(TOA) of the ith signal, and w(r) is ambient noise. It is
assumed that signal durations are limited by the value of N
such that an arbitrary i-th wave form can be represented as

s(t)=cos[6(1)], t=1,2,...,N, (2)

where 6(r) is the phase. The process of signal detection is
reduced to calculating some statistic z(f)=z[x(r)] as a func-
tion of samples x(¢) and comparing the statistic to a critical
threshold. The data segment specified by the time window of
N samples with start time ¢ is denoted as a N-dimensional
vector x(£)=[x(¢),x(t+1), ..., x(t+ N-1)]" € EV, where E" is
Euclidean N-dimensional space and the superscript symbol
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FIG. 1. A spectrogram of three NARW contact calls.

“T” denotes the transpose. Then the statistic can be repre-
sented as

2(0) =2[x®)]. 3)

To derive the transformation (3) in closed form, a parametric
model for the vector x(z) is introduced.

The model of signals can be developed based on the
observation that the frequency modulations in NARW con-
tact calls (Fig. 1) are similar to those of frequency-modulated
(FM) upswept signals.”'*'® Therefore, the signal model is
represented by a class of polynomial-phase signals. Using
this model, the phase of an arbitrary PPS can be written as'®

M
6= >, a, ", t=12,...,N, (4)
m=0

where a,, is the mth polynomial coefficient. Let us introduce
the notation f,,=(m+1)a,,,/(2m), m=0,1,...,M~—1. In this
notation, the instantaneous frequency of the PPS can be rep-
resented as

1 dor) "

f=7-—"= g)fmtm~ (5)

The initial phase a, is assumed to be a random value uni-
formly distributed over the interval (0,...,2). It is a nui-
sance parameter with respect to the detection problem.
Therefore, for the signal model parameters we introduce the
nonrandom vector

N=(fo, ... fu)] € Uy, (6)

where U, is the set of model parameters. We define U, as a
finite discrete set consisting of P elements, U,
={\|,N\,, ..., \p}. The admissible set of \ is defined by the
time-frequency characteristics of NARW contact calls. Note
that for an arbitrary PPS, s(¢), the instantaneous frequencies
f(¢) approximate the positions of the peak absolute values of
the short-time Fourier transforms (STFT) of s(z). This prop-
erty is important in practice since the visual analysis of the
spectrogram is one of the primary methods of signal detec-
tion in bioacoustics. For a quadratic-phase signal, the first
three polynomial coefficients can be interpreted as follows:
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fo is the start frequency, and f; and f, represent the slope and
the curvature, respectively.

Thus, as a model of the signal wave form, we introduce
the N-dimensional vector s(N)=[s(1,N),s(2,N),
....,s(N,N)]" with the elements s(z,N)=cos[6,(t)+a],
where 6)(1)=27= (m)'f,,_,1" is obtained by replacing
the coefficients a,, by f,, in Eq. (4). Then the detection prob-
lem can be formulated in terms of testing the following hy-
pothesis:

Hyx(t)=w(t), H:x(t)=As(\)+w(r), (7)
where w(f)=[w(f),w(t+1),...,w(i+N—-1)]" € EV is the vec-
tor of noise and A is a positive scalar representing the signal
amplitude. The signal parameters {A,\} are assumed to be
unknown and nonrandom. The null hypothesis H, represents
the case of signal absence, and the alternative hypothesis H
corresponds to the case of signal presence. The alternative
hypothesis is a composite. For the hypothesis H, and H, a
uniformly most powerful test'®"? does not exist. Therefore a
suitable strategy is to implement a minimally sufficient sta-
tistic such as the generalized likelihood ratio' "2

maxWx(1)|H]

Z([) _ AN

Wlx(1)|Ho] ~

where W(x|H,), W(x|H) are the probability density func-
tions of the vector x under the two hypotheses. A maximum
in Eq. (8) is reached when substituting the actual signal pa-
rameters A, N in the likelihood ratio. However, since these
parameters are unknown, the ML estimates can be used in-
stead such that the statistic (8) can be written as

(8)

Wlx(1)|H,A,\]

=yl

9)

where A, X\ are the ML estimates of the parameters A and N,
respectively.

An attractive model for ambient noise is a Gaussian ran-
dom process. However, the presence of transient noise re-
sults in an empirical distribution of ambient noise that can be
different from Gaussian. To verify the adequacy of the
Gaussian model, statistical analyses using empirical data re-
cordings were carried out. The description of the data set
used as well as the experiments conducted are given in Sec.
IV. The results of the experiments have demonstrated that for
approximately 90% of data chunks with the length from 8 to
16 s, statistical properties are similar to those of a stationary
Gaussian process. Therefore, a colored, locally stationary
Gaussian random process is introduced as the model of am-
bient noise. We suppose that on any time interval Q(g)
={gNg+1,gNg+2,...,(q+1)Ng}, ¢=0,1,2,..., consisting
of Ny samples each (Ng>>N), variations in the covariance
matrix are negligibly small. Therefore, the noise vector in
Eq. (7) is assumed to be Gaussian distributed with zero mean
and covariance matrix R(f)=R(q), so that

w(t) € N[O.R(q)], 1 Qg). (10)
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The value Ny is taken to ensure the duration of Q(q)
between 8 and 16 s. Based on Eq. (10) as a statistical model
of the observed data, we introduce the following probability
density functions:

In Wx(1)|Hy] = - x()TR(q)"'x()/2 + b

In Wx(1)|H] = - [x(t) = As(N)]"R(q)'[x(r) = As(N) )2 + b
(11)

AelU,, teQ(g), ¢g=0,1,2,...,.

Here b is a constant that does not depend on the signal.11 It
follows from Egs. (9) and (11) that the sufficient statistic is

fully specified by the ML estimates A, . Note that since the
signal vector depends on the random initial phase, the prob-
ability density function W(x|H) should be averaged over the
parameter a,. Therefore, it is necessary to use the in-phase
and quadrature components of the signal.11 Let us introduce
the complex vector ¢(N)=[c(1,N),c(2,N),...,c(N,N)] e EN
with the elements c(r,N)=exp[jf\(r)]. Then the ML esti-
mates A, N can be found from Eq. (11) by maximization of
In W[x(¢)|H] over the parameters A, N, as

A =arg max|Ax()"R(g)'e(N)| (12)
NeUy

i le())"R(g)"'e(N)| . (13)

le()R(g)"e(N)]

The denominator in Eq. (13) does not depend on the data
x(?), and therefore does not affect the structure of the detec-
tor. Taking Eqgs. (11)—(13) into account, the minimal suffi-
cient statistic z(¢) can be rewritten as

z(1) = max[x()"R(g)'e (V). (14)

NeUy

The decision to accept or reject the null hypothesis is
made by comparing the statistic z(¢) with a critical threshold
C. The threshold is determined by applying optimality crite-
ria, which are introduced based on the goals of the experi-
ment as well as on a priori information. The probabilities of
the null hypothesis p(H,)) and its alternative p(H) are impor-
tant a priori information, but are unknown in practice. How-
ever, it is known that the maximum rate of occurrence of
NARW contact calls is about 100-150 per hour, while the
duration of calls is about 1 $.%”'*~'® Therefore, the following
condition is satisfied:

p(Hy) > p(H). (15)

For such a condition, the Neyman-Pearson criterion mini-
mizing a false alarm probability for a given detection prob-
ability (or vice versa) can be applied.

lll. CALCULATING THE STATISTIC USING A BANK
OF MATCHED FILTERS

Since signal TOAs are unknown, the statistic z(z) should
be calculated for all possible data segments, x(z), ¢
=1,2,...,. Direct implementation of Eq. (14) is impractical
since implementation of such an algorithm is computation-
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ally expensive. Therefore, we propose calculating the GLRT-
based statistic using a bank of realizable linear filters.

It follows from Egs. (10) and (14) that the only time-
varying parameter in our model is the noise covariance ma-
trix R(g). This matrix should be estimated for each chunk of
data x(7),¢ € Q(g). To design the realizable detection scheme,
it is necessary and sufficient to design the detector for any
chunk of data Ny samples long. Without loss of generality,
we consider an arbitrary data chunk x(¢),7 € }(g), in which
the index g specifying the time position of the chunk is omit-
ted.

Let us introduce the complex variables h(n,N), n
=0,1,...,N—1 as the coordinates of the vector h(\)
=R '¢c(\) € EN where R € ENV is a positive defined matrix
obtained as a certain estimate of R(g). Then, given \,, p
=1,2,...,P, the complex output of a linear FIR filter with
impulse response A(n,\,) can be represented as a convolu-
tion

N-1

u(t,\,) = D x(t- n)h(n,\,), te Q(q). (16)

n=0

This filter can be referred to as a matched filter'! (MF) for

the signal s(\,). The estimate X can then be calculated using
a bank of P matched filters as

N=arg max|u(,\,)|. (17)
P

The combination of Egs. (14), (16), and (17) results in
z(t) = max|u(t,\)|*. (18)
P

Equation (18) represents a realizable scheme for calcu-
lating the GLRT-based statistic. This scheme requires My
=O(PNgN) complex multiplications per chunk of data. A
decrease in M can be achieved by calculating the MF output
in the frequency domain using the FFT. In the frequency
domain, the convolution relation Eq. (16) corresponds to a
multiplication of the respective Fourier transforms. Let Ny be
equal to a power of 2, symbol J{-} denote the FFT, and
symbol J7'{-} denote the inverse FFT. Then

lu(t, )| =[37HU(w, N )}, i=0, ... ,Ng—1, (19)
where
U(w;,N,) = X(w;)C(w;,N,)/B(w;) (20)

is the FFT spectrum of the MF output, X(w,)=J{x(¢)} is the
FFT spectrum of the data chunk x(r), t € (g), calculated at
the point w;=2i/Ng, C(w;,N,)=3{c(t,\,)} is the frequency
response of the pth MF computed from the samples c(,\,)
padded by zeros, and B?*(w;) is the noise PSD. Applying the
FFT to the whole bank of matched filters [see Egs. (18) and
(19)] requires Mp=O(PNgln Ng) complex multiplications
per chunk of data. Observe that M << M for typical val-
ues of N>1000 and Nz=(8,...,16)N. To implement the
FFT-based algorithm in Eq. (19), the noise PSD should be
estimated for each chunk of data.

The standard Bartlett or Welch methods of PSD
estimaton'” provide an acceptable accuracy if noise has no
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outliers. However, data recordings often include powerful
signals and impulsive noise, which degrade the accuracy of
conventional noise spectrum estimators. To cope with the
problem of outliers, median filtering is widely used (see, e.g.,
Refs. 21 and 22). Therefore, to calculate the noise PSD esti-
mate, we propose a robust technique based on median filter-
ing of a spectrogram. Let G(@y,n), k=0,1,...,K—1, and n
=1,2,...,Ng denote the spectrogram calculated for the data
chunk Q(g) using a sliding short-time window of K samples
(K< N) and overlapped by K,, samples. Here @,=2mk/K is
a new set of discrete angular frequencies and Ng=(Ng
-K,,)/(N-K,,) is the number of time frames in the spectro-
gram. As follows from Eq. (10), for any ¢ € Qx(g) the varia-
tions of noise PSD are negligibly small. Then the noise PSD

estimate é(&')k) can be calculated as a median of the Ng
samples of the spectrogram on a frequency-by-frequency ba-
sis

B(&,) = med{G(&,,1),G(@,,2), ...,.G(@&,,Ng)}.  (21)

The values of B(w;) can be estimated from Eq. (21) by

interpolation of é(&k) at the frequencies w;. Computation of
the spectrogram G(&y,n) using the FFT requires Mg
=O[NzxKIn K/(N-K,,)] complex multiplications. In prac-
tice (N-K,,)>1 and K <Ng. Hence, M ;< Mp, i.e., calcu-
lating the MF outputs, Eq. (19), requires most of the compu-
tations.

Thus Egs. (18)—(21) represent a robust and computation-
ally efficient scheme for calculating the GLRT-based statistic
of polynomial-phase signals with unknown polynomial coef-
ficients in the presence of locally stationary Gaussian noise.
Note that any two values of z(¢) and z(r+n), 0<n=N are
correlated since overlapping data segments are used for cal-
culating them. Consequently, the number of samples of z(7),
Eq. (18), used for the subsequent analysis can be reduced
without losing essential information. On the other hand, the
under sampling of z(z) should not result in missed signal
peaks. Our observations show that in the vicinity of a sig-
nal’s occurrence, the peak of the function z(7) can be very
sharp so that simple uniform down sampling does not pro-
vide a good tradeoff between reduced samples and the num-
ber of missed signal peaks. To avoid this difficulty, we pro-
pose a nonuniform down-sampling algorithm. According to
this algorithm, each chunk is partitioned into Ny, nonover-
lapping segments consisting of N samples so that Ny,N
=Np. To avoid the edge effect, only the first (Ny,—1) seg-
ments of each chunk are used to calculate the sufficient sta-
tistics. (This, in turn, requires the chunks to be overlapped by
N samples). For each jth segment 1 =j <N, the sufficient
statistic z; is calculated as the maximum value of z(¢) in the
segment. To avoid taking two highly correlated values of the
statistic corresponding to a pulse of noise or signal located
between two adjacent segments, an additional rule is applied:
The interval between the time indexes corresponding to the
statistics z;, zj.; in the adjusted segments must not be less
than 0.5N. Thus, this algorithm decreases the number of
samples on the MF bank outputs by a factor of N without
missing peaks for any two signals separated by 0.5N samples
or more.
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IV. TESTING

The main goal of the testing analysis was to quantita-
tively compare the performances of the proposed GLRT-
based detector with several published methods for detecting
NARW contact calls. Detection performance was estimated
for two noise conditions corresponding to the day with the
lowest impulsive noise rate and the day with the highest
impulsive noise rates. The data used for the tests were taken
from 31 days of continuous recordings for the period from
December 18, 2002 to January 18, 2003 in Cape Cod Bay,
MA, collected at a 2 kHz sample rate using bottom-mounted
hydlrophones.l()‘20 The detection performances were judged
based on the comparison of the ROC curves.

In the first part of the analysis, the hypothesis that local
ambient noise had a Gaussian distribution was tested. The
nonparametric Kolmogorov-Smirnov (KS) test implemented
in MATLAB 7.0 R14, at a 0.05 significance level was used. The
data were divided into 299,839 “short chunks” of length
8.192 s and into 149,919 “long chunks” of length 16.384 s.
Before testing, all chunks were bandpass filtered using a
Chebyshev type-1 IIR filter with cut-off frequencies of 40
and 250 Hz, and normalized so that the standard deviation
was 1. The upper cut-off frequency was chosen based on the
range of energy distribution of more than 99% of the NARW
contact calls. The results indicate that the hypothesis was
accepted for 90.5% of the “short chunks” and for 86.7% of
the “long chunks.” (Note that when testing a Gaussian ran-
dom process, the percentage of positives is asymptotically
equal to 95% for a 0.05 significance level.) The main reasons
for rejecting the hypothesis were due to the presence of
strong NARW contact calls or different kinds of impulsive
noise. Although it is recognized that this test does not control
for all factors that might influence recordings of ambient
noise (e.g., time of year, sensor location), we believe that
such factors for the Cape Cod Bay region would have little
influence on the outcome, and we conclude that these test
results support the conclusion that ambient noise can be
modeled as Gaussian over periods of less than 17 s. Analysis
also shows that changes in noise variance are negligibly
small within the time intervals less than several minutes.
Therefore, a colored, locally stationary Gaussian random
process can be accepted as the model of ambient noise. It is
interesting to note that during the data period from December
18, 2002 through January 18, 2003 wave heights in the area
were typically between 0.5 and 4 m, with one occurrence of
4-5 m.

In the second part of the analysis, the empirical distri-
butions of the model parameters were computed using a
training data set of 721 NARW contact calls with a high
signal-to-noise ratio (SNR). The training calls were collected
in the period from 2001 to 2003 at Cape Cod Bay and Great
South Channel regions. The histogram of signal duration for
this sample set is shown in Fig. 2 (top frame). Based on this
distribution, signal duration was chosen as 1.024 s so that
N=2048. Note that from Fig. 2, the duration of a NARW
contact call may be longer than 1 s, especially in cases where
the initial portion of the call is relatively constant in fre-
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FIG. 2. The one-dimensional histograms of the model parameters: duration
T (top frame), and start frequency f; (bottom frame).

quency or downward inflected. However, our observations
show that the duration of the upswept part of signal, the key
feature of contact calls, is close to 1 s.

Different detection schemes can be introduced by vary-
ing the number of polynomial coefficients f,, [see Eq. (5)].
We restricted our investigation here to the case of M=3.
Such a class of detectors is nearly optimal for linear and
quadratic FM signals. The histograms of the polynomial co-

efficients W(X|H) were computed using the ML estimates

N, =arg max|u(t,\,)|, 1=1;—0.5N,....1;,...,t;+0.5N,
pit

(22)

where #; is the start index for ith data segment containing a
NARW contact call (i=1,...,721) and }\p were taken from
the search grid A=[\|f,={20,30,...,170},f,={-150,
-125,...,300},f,={-200,-175, ...,350}]. The outputs of
the MF bank, u(t,\,), were computed using the technique
considered in Sec. III. The observation windows in Eq.
(22) were 1.024 s in length and centered at the indexes f;
selected by an experienced human operator. Correspond-
ing time intervals were chosen as follows: the length of
data chunks used for computing noise PSD N,=32,768
samples (16.384 s in length); the number of segments
Ngg=16; the number of samples per segment N=2048
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FIG. 3. The two-dimensional histogram of the model parameters f; (slope)
and f, (curvature). The frequency of occurrence for any given parameter
combination of f; and f, is represented by a gray-scale level.

(1.024 s in length). The spectrogram was calculated using
a rectangular, short-time window K=256 samples in
length and overlapped by K,,= 128 samples.

The one-dimensional (1D) histograms of the duration T
(top frame) and start frequency f, (bottom frame) are shown
in Fig. 2. The 2D histogram of the model parameters f|, f5 is
depicted in Fig. 3.

In the second part of the analysis, the ROC curves were
computed for the proposed statistic [see Egs. (18)—(21)] as
well as for some published detection techniques. For this
purpose, the empirical statistical distributions for W(Z|HO)
and W(z|H) under the null and alternative hypotheses were

calculated. The distribution W(z\H) was computed using a
test data set of 1283 contact calls selected by an experienced
human operator. The test data set was different from the
training set. About 20% of the calls used in the test set were
hardly visible in the spectrogram.

To compute distributions of W(z|H0), the two days
(24 h) with the lowest and highest impulsive noise rates per
day of observation were selected from the data [see Figs. 4
and 5 (top frame)]. These correspond to the data recordings
collected on December 29 and 31, 2002, respectively. For
each subset, a total of 84,375 values of the z; statistic were

used to compute W(z|H0) and to build the ROC curve. Both
the training and testing data subsets used in our experiments
are available upon request.

For the GLRT detector, any N, specifies the frequency
response of the corresponding linear filter [see Eq. (20)].
Since the number of filters P influences the computational
complexity of the GLRT detector, the influence of the num-
ber of filters on the detection performance is of great practi-
cal interest. This issue was studied in the tests. For this pur-

pose, the values of the histogram W(MH) were sorted in a

descending order so that W(\;|H)= W(\,|H)=--->0. The
filter frequency responses were set up based on the first P

values Ay, \,, ..., Ap maximizing W(MH). The exercise was
completed for P=1, 12, 36, and 80 filters.
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FIG. 4. The values of the GLRT-based statistic (top frame) and detection
probability versus false alarm probability (bottom frame). Data collected on
December 29, 2002 when the lowest impulsive noise rate was observed.

Along with the GLRT detector, several known NARW
detection techniques were tested. The following four 