TUESDAY MORNING, 1 JULY 2008

ROOM 252B, 8:00 TO 10:00 A.M.

Session 2aAAa

Architectural Acoustics: Acoustics of Concert Halls 11

Takayuki Hidaka, Cochair
Takenaka R&D Institute, 1-5-1, Otsuka, 270-1395 Inzai, Chiba, Japan

Daniel E. Commins, Cochair
Commins Acoustics Workshop, 15 rue Laurence Savart, Paris, 75020, France

Contributed Papers

8:00

2aAAal. Acoustical design consideration for the new IFEZ concert
hall. Jin Yong Jeon (Hanyang University, Department of Architectural En-
gineering, 133-791 Seoul, Republic of Korea, jyjeon@hanyang.ac.kr), Yong
Hee Kim (Hanyang University, Department of Architectural Engineering,
133-791 Seoul, Republic of Korea, kimyonghee@gmail.com), Shin-Ichi
Sato (Hanyang University, Department of Architectural Engineering, 133-
791 Seoul, Republic of Korea, s_sato@mac.com)

The design of a new concert hall for the Incheon Free Economic Zone
(IFEZ) Arts Center in Korea is in progress. The hall is supposed to be the
home of the Asia Philharmonic Orchestra. It has over 1,700 seats, including
150 choirs. A vineyard seating arrangement will be applied, but the seats
around the stage area will be minimized in order to form a solid stage
enclosure. Lateral walls are designed for each seating block to increase
acoustical intimacy. Average width between lateral walls has been designed
to be less than 15 m, and every seat is arranged within 7.5 m to the closest
lateral wall. All lateral walls are designed to be inclined to lead first reflec-
tions and to improve spatial impression at the audience area. Diffusers are
functionally installed to the effective reflecting surfaces from the source on
stage. The design considerations are investigated through both computer
simulation and scale modelling.

8:20

2aAAa2. Objective and subjective analysis of acoustical response in
newly renovated Palais Moncalm, Quebec City, Canada. Jean-Philippe
Migneron (Lab. d’acoustique, Ecole d’architecture, 1, Cote de la Fabrique,
Vieux Séminaire, Université Laval, Québec, QC G1K 7P4, Canada,
jean-philippe.migneron.1@ulaval.ca), Jean-Gabriel Migneron (Lab.
d’acoustique, Ecole d’architecture, 1, Cote de la Fabrique, Vieux Séminaire,
Université Laval, Québec, QC G1K 7P4, Canada,
jgmigneron@hotmail.com), Jean-Frangois Hardy (Lab. d’acoustique, Ecole
d’architecture, 1, Cote de la Fabrique, Vieux Séminaire, Université Laval,
Québec, QC G1K 7P4, Canada, jean-francois.hardy.1@ulaval.ca)

To celebrate the 75th anniversary of Palais Montcalm, the building has
been almost entirely rebuilt to convert it into the House of Music. The main
room, named Salle Raoul-Jobin, has been designed specifically for the resi-
dent chamber orchestra: Les Violons du Roy. Collaboration between acous-
tical consultant, Larry S. King, and architect Jacques Plante of MUSE con-
sortium results in a 979 seats concert hall with variable acoustic to
accommodate different kinds of musical events. Since reopening in March
2007, the general acoustic has been enthusiastically acclaimed by profes-
sionals, by world known musicians, and by the public. The principal objec-
tive of this study is to characterize acoustical response of the room with
various adjustments of wall curtains and motorized canopy. This important
reflective area is software-controlled in a range of 3 meters depending on
musical needs. Acoustical objective parameters, such as reverberation time,
early decay time, impulse response or C80 factor will be analyzed and com-
pared to musical subjective perception of a few instruments played at mul-
tiple positions on stage and for different listening locations.
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8:40
2aAAa3. New design tendencies in modern concert hall design. Alban
A. Bassuet (Arup Acoustics, 155 avenue of the americas, New York, NY
10013, USA, alban.bassuet@arup.com)

New concert hall design trends are emerging as seen from recently com-
pleted halls around the world and recent international architectural
competitions. Analyzing the current situation, the paper starts by differenti-
ating the acoustical characters of major traditional concert hall forms such as
the large shoe-box, the Vineyard and the surround hall. It discusses in par-
ticular the balance of acoustical energy that characterize these different basic
hall shapes, the sensation of intimacy in relation to the listener’s distance to
the performance area and the different early reflection patterns inherent from
these hall shapes. As an example of modern concert halls design tendencies,
the paper then describes a design option chosen by Arup Acoustics for the
Paris Concert Hall Architectural design competition with Zaha Hadid
architect. The paper describes the development of the form and shape of the
hall in response to the brief, the concept chosen for the design of sendin-
g/receiving surfaces to improve the early reflection "efficiency” and "stabil-
ity” and the use of an overhead reflector to improve the balance between
soloist and orchestra and the balance between the orchestra and the rever-
beration in the hall.

9:00
2aAAa4. Acoustic design and evaluation of a multi-purpose hall of a
new conference centre. Attila Balazs Nagy (Kotschy Bt., Almos vezér u.
4, 2045  Torokbalint, Hungary, nagyab@hit.ome.hu), Ferenc
Tamas (Kotschy Bt., Almos vezér u. 4, 2045 Torokbalint, Hungary,
tamas.ferenc@kotschy.hu), Andras Kotschy (Kotschy Bt., Almos vezér u.
4, 2045 Torokbalint, Hungary, bandi@Kkotschy.hu)

At Forum Acusticum 2005 the building and room acoustic design of a
new Conference Centre was presented. Since then the construction work has
been finished and the Centre is now open. The Conference Centre itself is a
multi-functional building, having three wings of different functions. The
Main Hall of the Centre is a room for 750 people which can be extended
with adjacent section rooms for 1100 persons, giving a total volume of
14000 m®. It was designed to host conferences, lectures, and - most of the
time - to be used as a concert hall. The extremely different acoustical de-
mands of being a concert hall and a lecture room had been fulfilled with
appropriate room acoustic design and with variable acoustics by employing
a DCR (Digital Control of Reverberation) system. In this paper we give a
report on the achieved acoustical performance of the Main Hall of the Con-
ference Centre. We have performed extensive room acoustic measurements
in the Main Hall, the results of which are compared to the designed values
and are presented in this paper. The design of the DCR system is discussed
in a different paper.
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9:20

2aAAa5. Renovation of the concert hall The Doelen: A case study on
the impact of a stage canopy on stage and room acoustics. Margriet R.
Lautenbach (Peutz BV, PO Box 696, 2700 AR Zoetermeer, Netherlands,
m.lautenbach@zoetermeer.peutz.nl), Martijn Vercammen (Peutz, De Grip-
pen 1124, 6605 TA Wijchen, Netherlands, m.vercammen@mook
.peutz.nl), Klaus-Hendrik Lorenz-Kierakiewitz (Peutz BV, Kolberger
Strasse 19, D-40599 Duesseldorf, Germany, khi@peutz.de)

When opened in 1966, the main concert hall in De Doelen, Rotterdam,
the Netherlands, was provided with six canopies above the stage platform.
Their function was twofold: to provide a large part of the audience with
early reflections; to create good ensemble conditions for the musicians on
stage. Despite good reviews after the opening, a few years later the canopies

were removed to get rid of unwanted reflections at the recording micro-
phones positions just below the canopy. Since then, a significant percentage
of the orchestra is unhappy about the acoustic conditions on stage. During
the design process of the renovation, possibilities to re-introduce a stage
canopy are investigated. Objective acoustic parameters obtained by carrying
out measurements in the hall as well as in a 1:10 scale model and by cal-
culations with a ray-tracing computer model are examined. Parallel, three
questionnaire rounds gave an impression about the musicians’ subjective
judgement about the stage acoustics. In this paper the acoustic differences of
three situations (without canopy, with original canopies and with new
canopy design) and the search for an optimal balance between improving the
stage acoustics without altering room acoustical conditions in the audience
are discussed.

Invited Paper

2aAAa6. Evaluation of virtual acoustic stage support for musical performance. Wieslaw Woszczyk (McGill University, Schu-
lich School of Music, 555 Sherbrooke Street West, Montreal, QC H3A 1E3, Canada, wieslaw@music.mcgill.ca), William L. Martens
(McGill University, Schulich School of Music, 555 Sherbrooke Street West, Montreal, QC H3A 1E3, Canada, wim@music.mcgill.ca)

The effects of performance space acoustics on musical performance can be evaluated most effectively by eliminating the influence
of powerful non-auditory factors, such as the visual appearance of the performance space. To allow for such relatively unbiased evalu-
ations, a virtual acoustic stage support system was set up for a live musical performance, and the performer was asked to make blind
comparisons between a variety of architectural acoustic simulations. While results support the broad generalization that the preferred
reverberation time for acoustical stage support depends upon the piece of music to be performed, it was also clear that preferences
strongly depended upon performers’ aural familiarity with architectural acoustic spaces in which they had considerable experience in
previous performances. After some exposure to descriptive analysis techniques, performers could explain their preferences in terms of
the perceptual characteristics that differed between presented aural architectures.

TUESDAY MORNING, 1 JULY 2008

ROOM 253, 8:00 TO 9:00 A.M.

Session 2aAAb

Architectural Acoustics and Noise: Low Frequency Absorption: Mechanisms, Measurement Methods and
Application 11

Peter D’ Antonio, Cochair
RPG Diffusor Systems, Inc., 651-C Commerce Drive, Upper Marlboro, MD 20774, USA

Christian Nocke, Cochair
Akustikbiro Oldenburg, Katharinenstr. 10, Oldenburg, 26121, Germany

Contributed Papers

8:00
2aAAbl. Effects of Low-frequency Absorption on Perceived Tightness
of Bass Imagery in Music Reproduction. William L. Martens (McGill
University, Schulich School of Music, 555 Sherbrooke Street West, Mont-
real, QC H3A 1E3, Canada, wim@music.mcgill.ca)

In order to enable unbiased observation of the effects of low-frequency
absorption on auditory imagery associated with multichannel loudspeaker
reproduction, binaural recordings were made of surround sound program
material that was reproduced over full-range loudspeakers located in a room
that was specially constructed to allow for variation in low-frequency acous-
tical treatment. These recordings were then presented via headphones to al-
low for double-blind comparison of the variation in auditory imagery asso-
ciated with selected changes in room acoustics while holding listener and
loudspeaker locations constant. Several perceptual attributes were examined,
but the listeners were able to make the most clear distinctions between au-
ditory spatial images in terms of the attribute identified as the "perceived
tightness of bass imagery.” Analysis of the signals presented to the listeners’
ears in these binaurally-reproduced multichannel music samples showed that
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the tightest bass imagery was associated with high values of interaural co-
herence, with lower values producing more "muddy” bass imagery. [Work
supported by Canada Foundation for Innovation.]

8:20

2aAAb2. Acoustical tests of custom-made, low-cost bass absorptive
treatment for small rooms. loana Pieleanu (Acentech Incorporated, 33
Moulton Street, Cambridge, MA 02138, USA, ipieleanu@acentech
.com), Jeffrey Fullerton (Acentech Incorporated, 33 Moulton Street, Cam-
bridge, MA 02138, USA, jfullerton@acentech.com), Marc Choiniere
(University of Nebraska, 101A Peter Kiewit Institute, Omaha, NE 68182,
USA, mchoiniere@gmail.com)

Small music classrooms, practice rooms or small budget recording stu-
dios and control rooms are a few of the numerous applications where low
frequency absorption is sought and necessary for a well-balanced acoustical
spectrum. Often, low frequency absorption is achieved by using pre-
engineered products, such as tuned panel resonators. Unfortunately, the cost
of these pre-engineered products can be excessive for small budget projects,
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or projects that involve a large number of such spaces. For these applica-
tions, more affordable, custom-made low frequency absorbers are desired.
Several types of custom-made treatments were physically tested, to deter-
mine if the degree of low frequency absorption they provide would make
them an effective replacement for the pre-engineered counterparts. The test
samples included glass fiber panels mounted as corner traps, custom-made
plywood panel resonators and others. The testing was conducted in a space
comparable in size to a small studio room/control room, or a medium prac-
tice room. This presentation describes the test method and measurement
results.

8:40
2aAAb3. The importance of bass clarity in pop and rock venues. Niels
W. Adelman-Larsen (Flex Acoustics, Diplomvej 377, 2800 Lyngby, Den-
mark, nwl@flexac.com), Eric R. Thompson (Centre for applied hearing
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research, Technical University of Denmark, DTU, Bygn. 352, 2800 Lyngby,
Denmark, et@oersted.dtu.dk)

High levels of bass sound have been shown to stimulate the part of the
brain that controls such basic instincts as sexual desire and hunger [Todd,
2000]. In rock and pop music, the bass frequencies from 40-125 Hz get am-
plified to very loud levels. Easily half of the electrical power of the PA and
monitor system goes to these 1.5 octaves. A recent survey [Adelman-Larsen
et al., 2007] showed that the most important subjective parameter for a rock
and pop music hall to score a high rating was ’bass clarity’ which correlated
with a coefficient of 0.74 to "overall impression’. Informal discussions with
audio engineers and bass players give the perspective that artificial rever-
beration is rarely, if ever, added to bass-frequencies. In fact the ideal hall
should be as dry as possible at low-frequencies. In the mid-treble frequency
range, sound absorption, and thereby clarity’, is easily obtained through the
presence of the audience that absorbs 4-6 times more mid/high frequency
sound energy than bass sound energy. In the low-frequency range ’clarity’ is
not so easily obtained. This paper discusses the challenge in depth and pro-
poses design solutions.

ROOM 202/203, 8:20 A.M. TO 12:40 P.M.

Session 2aAAc

Architectural Acoustics and Engineering Acoustics: Acoustics and Electroacoustics of Small Rooms

Jiri Tichy, Cochair
Pennsylvania State University, 5552 N. Citation Road, Toledo, OH 43615, USA

Mendel Kleiner, Cochair
Chalmers Rm. Acoust. Group, Dept. of Appl. Acoust., Chalmers Univ. of Technology, Gothenburg, 41296, Sweden

Invited Papers

2aAAcl. Investigation of Bonello criteria as a practical tool in small room acoustics. Todd Welti (Harman International Indus-
tries, Inc., R&D Group, 8500 Balboa Blvd, Northridge, CA 91329, USA, twelti@harman.com)

The Bonello criteria are often used as an objective metric for assessing room dimensions with respect to modal response. In reality,
the modal response is not simply a property of the room dimensions, but is quite dependent on source/receiver locations as well. The
legitimacy of Bonello’s criteria when used in rooms with typical subwoofer and seating configurations has not been well investigated.
In this study, a room model is used to calculate room responses for a large number of combinations of room dimensions, subwoofer
positions, and seating locations. The Bonello criteria are evaluated for each combination and compared to perceptually relevant criteria
such as flatness and seat to seat consistency of the calculated acoustical responses.

2aAAc2. Region of control for low frequency modal equalisation in small listening rooms. Aki Méakivirta (Genelec Oy, Olvitie

5, FIN-74100 lisalmi, Finland, aki.makivirta@genelec.com)

Small-size listening rooms are characterized by sparse modal density with pronounced spectral colouration when the decay times at
low frequencies are large. Various active approaches for reducing the modal decay time have been suggested in the literature. A review
of the salient principles of these approaches is given. Active control of the modal decay time at the primary listening position by using
the primary radiator for control is demonstrated and evaluated for performance. The locality and size of the region of control, and the
amount of control achieved, are studied in light of the experiment. Effect of the modal equalizer filter to the perceived response flatness,
audibility of low frequency resonances, and the required amount of modal equalization are discussed in light of the experiment.
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9:00

2aAAc3. Improving room acoustics at low frequencies with multiple loudspeakers and time based room correction. Sofus
Birkedal Nielsen (Aalborg University, Fredrik Bajers Vej 7 B, 9220 Aalborg @, Denmark, sbn@es.aau.dk), Adrian Celestinos (Oticon
A/S, Kongebakken 9, 2765 Smgrum, Denmark, adc@oticon.dk)

Small and medium size rectangular rooms are often used for sound reproduction. These rooms have substantial acoustical problems
at low frequencies primarily caused by the reflections from the room boundaries. The spatial variation in sound pressure level (SPL) can
be up to 30 dB in a room at low frequencies, and appear not only at modal frequencies. The problem is an acoustical issue in time, and
should therefore be analyzed in the time-domain, instead of the traditional steady state frequency domain. The construction of a finite-
difference time-domain approximation program (FDTD) has lead to a simple and untraditional solution called CABS (Controlled Acous-
tical Bass System) that makes use of multiple loudspeakers. With the proper placement of low frequency loudspeakers, CABS can create
a plane wave from the front wall which will be absorbed by additional low frequency loudspeakers at the back wall. With the back wall
reflection removed a homogeneous sound field will be created in the whole room at low frequencies. Simulations and measurements of
normal size listening rooms show that 4 loudspeakers are enough to even the sound field in a room. The CABS system is controlled by
a developed DSP system.

9:20

2aAAc4. Applications of a plane wave based room correction system for low frequencies using multiple loudspeakers. Adrian
Celestinos (Oticon A/S, Kongebakken 9, 2765 Smgrum, Denmark, adc@oticon.dk), Sofus Birkedal Nielsen (Aalborg University,
Fredrik Bajers Vej 7 B, 9220 Aalborg @, Denmark, sbn@es.aau.dk)
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When low frequency sound is radiated inside small listening spaces by loudspeakers, large uniformities occur over the sound field.
This is due to the multiple reflection and diffraction of sound on the walls and different objects in the room. A developed system named
Controlled Acoustically Bass System (CABS) produces uniform sound field at low frequencies. This is performed by utilizing loud-
speakers at the front wall and extra loudspeakers at the opposite wall, processed to remove the rear-wall reflection of a rectangular room.
Effectiveness of CABS on different room scenarios has been evaluated by using a computer simulation program based on the Finite
Difference Time Domain Method (FDTD). CABS has been simulated in a small car cabin and in an irregular room. Non-ideal placement
of loudspeakers in CABS have been evaluated. The influence of utilizing CABS with different types of loudspeakers has been evaluated
by simulations and measurements.

9:40

2aAAc5. Active Sound Field Equalization. Akira Omoto (Kyushu University, 4-9-1, Shiobaru, Minamiku, 815-8540 Fukuoka,
Japan, omoto@design.kyushu-u.ac.jp), Hisaharu Suzuki (Kyushu University, 4-9-1, Shiobaru, Minamiku, 815-8540 Fukuoka, Japan,
hisaha@souldsp.jp), Akihiro Kakiuchi (Kyushu University, 4-9-1, Shiobaru, Minamiku, 815-8540 Fukuoka, Japan, kakirikakki
@hotmail.com)

Dominant acoustic modes often result in the inevitable non-uniform distribution of the acoustic quantities such as sound pressure,
especially in the small sized enclosure. In our study, active control technique is thus introduced to overcome the adverse effects of such
modes. Instead of the squared sound pressure which is normally adopted in active noise control, the quantity to be controlled is selected
as the weighted values of acoustic intensities or the acoustic impedances in rectangular directions such as x, y and z measured at plural
points. The reasonably selected combinations of weights yield the control outputs which can alter the directions of propagating waves
and result in reducing the complicated standing waves. Further, results of numerical simulations suggest that the well balanced arrange-
ment of the primary and the secondary sources can ’rectify’ the propagating direction and result in the uniform distributions of sound
pressure. The strategies used in this study have possibilities of realizing useful controller for active sound field equalization.

10:00

2aAAc6. Different approaches for efficient finite element modelling of absorbers in small rooms. Marc Aretz (RWTH Aachen
University, Institute for Technical Acoustics, Neustrale 50, 52066 Aachen, Germany, Marc.Aretz@akustik.rwth-aachen.de)

The FEM is a powerful tool for the numerical simulation of sound fields in enclosures. It accounts for the modal characteristics of
the sound field, which are dominant at frequencies below the Schroeder frequency and it is also possible to model the mutual coupling
between airborne and structure borne sound fields, when an appropriate structure model is implemented. When applying the FEM to
complex room acoustics applications, like e.g. a control room in a recording studio, it is a challenging task to specify realistic boundary
conditions. Different kinds of acoustical absorbers like Helmholtz resonators, plate absorbers and complex layered porous absorbers are
found in these environments. While it is possible in principle to use complex and exhaustive models for these acoustical absorbers, it
is often computationally much more efficient to use acoustic impedances or two-port network FEM elements to represent the fluid
structure interactions. In the course of this study we compare different approaches for the modelling of Helmholtz resonators (without
and without flow resistance), since it has proven very costly in terms of computation time to explicitly model every single hole in the
resonator boxes. The simulation results are compared with results measured in a model room.
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10:20-10:40 Break

10:40

2aAAc7. Direct and modal frequency response analysis of sound fields in small rooms by finite element method. Reiji Tomiku
(Faculty of Engineering, Oita University, Dannoharu 700, 870-1192 Oita, Japan, tomiku-reiji@cc.oita-u.ac.jp), Toru Otsuru (Faculty
of Engineering, Oita University, Dannoharu 700, 870-1192 Oita, Japan, otsuru@cc.oita-u.ac.jp), Noriko Okamoto (Faculty of Engi-
neering, Oita University, Dannoharu 700, 870-1192 Oita, Japan, nokamoto@cc.oita-u.ac.jp), Yuka Kurogi (Faculty of Engineering,
Oita University, Dannoharu 700, 870-1192 Oita, Japan, kurogi@cc.oita-u.ac.jp)

In this paper, sound pressures are computed by two techniques using finite element method. One is a technique by solving the system
of linear equations directly (direct analysis) and the other is a technique by modal superposition (modal analysis). To confirm the ac-
curacy of the direct analysis, sound pressures obtained by the technique are compared with those obtained by the modal analysis in a
room with the volume of 10 m®. Then, as in the modal analysis, two methods are employed: one is a simplified method based on a real
eigenvalue problem assuming that the damping matrix, [C], has orthogonality; and another is the method based on complex eigenvalue
problem. Those obtained by the direct analysis are in good agreement with those obtained by the two kinds of modal analyses regardless
of absorption conditions, even if the analysis is carried out at the frequency close to an eigen frequency. Next, diffuseness of sound field
below 315 Hz in a room, which is used in the measurement of 1SO140-3, is investigated by the direct analysis from the viewpoint of
mean sound pressure level measurements.

11:00

2aAAc8. The effect of diffusers on low frequency modes. Jamie A. Angus (University of Salford, 12 Lister Way, YO30 6NL York,
UK, j.a.s.angus@salford.ac.uk)

Small listening rooms are becoming prevalent, due to the availability of production facilities on personal computers, and the finan-
cial pressures faced by the industry. In these rooms, modal behaviour at low frequencies significantly affects the quality of the rever-
berant decay, due to their non-diffuse nature compared with other frequencies. Diffusion and absorption can help and may be a useful
way of improving the low frequency performance of such rooms. This paper discusses the properties of these rooms at low frequencies,
in particular the effect of diffusing boundaries on the modal behaviour of such rooms. The paper will first discuss what is meant by a
mode and modal decay. It will then go on to examine the effect of diffusing boundaries on the frequency and density of modes. In
particular, it will examine the effect of the scale of the diffuser on its efficacy in this task. For ease of visualisation this will be done
using a two dimensional model and, for accuracy a finite element, element simulation. The effect of going to three dimensions on the
results will also be discussed. Finally, the effect of absorption based diffusing boundaries will be examined.

11:20

2aAAc9. Power output regularization in the active reproduction of sound fields in rooms. Nick Stefanakis (National Technical
University of Athens, School of Electrical and Computer Engineering, Heroon Polytechniou 9, 157 73 Athens, Greece,
nstefan@mobile.ntua.gr), Sotiris Dalianis (National Technical University of Athens, School of Electrical and Computer Engineering,
Heroon Polytechniou 9, 157 73 Athens, Greece, dalias@central.ntua.gr), Tilemachos Karatzas (National Technical University of Ath-
ens, School of Electrical and Computer Engineering, Heroon Polytechniou 9, 157 73 Athens, Greece, tilkar6@hotmail.com), George
Cambourakis (National Technical University of Athens, School of Electrical and Computer Engineering, Heroon Polytechniou 9, 157
73 Athens, Greece, gcamb@cs.ntua.gr)

In this paper we address the problem of using a multi-channel active control system in order to reproduce a harmonic sound field
in a large part of the volume of a reverberant room. The problems associated with the calculation of the inverse system matrix are
confronted by introducing a term that is proportional to the sound power-output of the system in the cost function that is obtained by
the multiple point method. Simulation results show that this technique results to a better conditioning of the system matrix at low
frequencies, comparing to other traditional regularization techniques. Moreover, it is shown that this method can be employed to in-
crease the spatial robustness of the control sensor array inside the listening room.

11:40

2aAAcl0. Low-frequency response in active acoustic practice rooms. Ronald Freiheit (Wenger Corporation, 555 Park Drive,
Owatonna, MN 55060, USA, ron.freiheit@wengercorp.com)

Integrating active (virtual) acoustics into relatively small practice rooms to create a sense of envelopment is critical to the satisfac-
tion of the musicians using these spaces for learning. The number of speakers and their locations play an important role in minimizing
the ability to localize to the sources supporting this sense of envelopment. Equally important is the frequency response required for the
speakers used in these applications, to more accurately simulate the acoustics of a performance environment. Excessive high frequencies
increase the ability to localize and decrease the sensation of a larger space, since the air in larger spaces naturally absorbs many high
frequencies. Another challenge is creating the sense of envelopment for instruments in the bass region (125Hz octave band and below)
by providing enough low-frequency energy response. Work will be presented on low-frequency response desired to satisfy a sampling
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of solo cello players using active acoustic practice rooms. The optimal sources for these low frequencies - single or multiple - will be
discussed. Updated information will also be provided on the sound field coverage in active rooms with extended low-frequency

response.

Contributed Papers

12:00

2aAAcll. Active playback of acoustic quadraphonic sound events.
Domenico Stanzial (Italian National Research Council, FSSG-CNR Lab
Acustica, ¢/o Fondazione Cini, Isola di San Giorgio Maggiore, 30124 Ven-
ezia, Italy, domenico.stanzial@cini.ve.cnr.it), Giorgio Sacchi (Physics De-
partment - University of Ferrara, V. Saragat, 44100 Ferrara, Italy,
giorgio.sacchi@student.unife.it), Giuliano Schiffrer (Physics Department -
University of Ferrara, V. Saragat, 44100 Ferrara, Italy, schgin@unife.it)

The reproduction in a given confined space - such as a cinema hall or a
smaller room - of a sound event previously recorded in a completely differ-
ent acoustical environment is an interesting and still open acoustical
problem. A new method for hi-fi audio playback based on the general solu-
tion of the acoustic inverse problem is here pourposed. A feed-forward con-
trol based on overdetermination of conditions at active contours - i.e. loud-
speakers - in order to obtain an optimal stable solution via least square
approach is here proposed. This is easily possible even for complex con-
figurations thanks to acoustic quadraphony, the application of sound inten-
simetry to audio technology developed in the last years within the IST-2-
511316-IP European project denominated IP-RACINE. After a short
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explanation of the model theory, the experimental application to the simplest
case of 1-D confined field is presented and some obtained results are shown.

12:20
2aAAcl2. Acoustics in a small control room. Sergio
Beristain (Mexican Institute of Acoustics, P.O. Box 12-1022, Narvarte,
03001 Mexico, D.F., Mexico, sherista@hotmail.com)

Acoustics in small rooms is allways a problem, particularly at the low
frequency range, because of their size and the fact that there is very limited
space to install all the acoustic materials needed in order to obtain the de-
sired acoustic response, but when an electroacoustic system has to be em-
ployed as it is the case in a small Control Room for a small recording studio,
matters become even worse. First of all, the space is further reduced in order
to accomodate the required sound system, and with the presence of hard to
control low resonant frecuencies, which can be excited at any moment dur-
ing any recording session, it can be produced highly different sound presure
levels at those frequencies, changing the timbre of sounds. Some measure-
ment results are presented.

ROOM 253, 9:20 A.M. TO 1:00 P.M.
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Session 2aAAd

Architectural Acoustics and Noise: Acoustics and Privacy in Healthcare Facilities I: Emerging Policy Around
the World

David M. Sykes, Cochair
ANSI S12 Workgroup 44 and the Joint ASA/INCE/NCAC Subcommittee on Healthcare Acoustics & Speech Privacy, 23
Buckingham Street, Cambridge, MA 02138, USA

Kerstin Persson Waye, Cochair
Dept. of Environ. Medicine, The Sahlgrenska Acad. of Gothenburg Univ., Box 414, Gothenburg, 405 30, Sweden

Invited Papers

9:20

2aAAdl. Waves of change: global policies & their impacts on the acoustics profession. David M. Sykes (ANSI S12 Workgroup
44 and the Joint ASA/INCE/NCAC Subcommittee on Healthcare Acoustics & Speech Privacy, 23 Buckingham Street, Cambridge, MA
02138, USA, david.sykes@remington-partners.com)

In a decade, five waves of change swept across the globe stimulating new interest in acoustics. This session examines their effects
on the EU, North America and Japan. The Internet caused the first wave-the EU’s privacy Directive 9546EC drove nations everywhere
to develop privacy laws, many covering "Speech Privacy.” A second wave, in 2000 when the "tech bubble” burst, produced laws to
improve financial accountability and forcing organizations to find ways to shield their leaders. A third wave arose in 2001 with the
increase in terrorism, producing a surge in security laws that challenge the right to privacy enshrined in the 1948 Declaration of Human
Rights. The fourth wave is demographic: racing to build healthcare facilities for "boomers,” this giant industry is now wrestling with a
"noise epidemic” resulting from decades of neglecting the health effects of noise. The fifth wave came from the "green” movement-the
concept of "indoor environmental quality” has renewed interest in noise as a pollutant. How countries balance such concerns as state
security, citizen privacy and human health will be decided by courts but these five waves have catalyzed demand for understanding,
insight, expertise, standards, codes, manpower and solutions from the acoustical profession.
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9:40

2aAAd2. Developing acoustical policies around in EU countries. Katrin Bergmark (Saint-Gobain Ecophon AB, Box 500, 26061
Hyllinge, Sweden, katrin.bergmark@ecophon.se), Marc R. Janssen (Saint-Gobain Ecophon AB, Box 500, 26061 Hyllinge, Sweden,
marc.janssen@ecophon.se)

According to research, noise levels in hospitals worldwide have increased. At the same time, the awareness of the negative effects
of noise on patients and healthcare staff has grown. To manage or eliminate noise in hospitals, standards and policies are a great help.
An overview of international standards will be presented, showing various parameters and differences in values and angles of approach,
e.g based on activity or room type. To further optimize the content, and stimulate the use of the standards, some countries have even
defined healthcare specific standards. These can support the planning and the evaluation of the sound environment in those premises.
New insights from research and case studies, as well as emerging laws, provide opportunities or even force us to extend the existing
content of standards to meet future demands. Suggestions for that include extension of the amount of parameters, such as decrease of
sound pressure level (ASPL) and parameters addressing privacy (PI, AC). Finally, revision of standards provides opportunities for end
users to increase their understanding and interest in acoustic and to supply possibilities to define the desired quality of the sound
environment.

10:00

2aAAd3. Effects of healthcare acoustics on medical outcomes. Roger Ulrich (Texas A&M University, Department of Architec-
ture, 3137 TAMU, College Station, TX 77843, USA, rulrich@archmail.tamu.edu)

Although considerable research has examined detrimental effects of noise on patient sleep quality in healthcare buildings, few stud-
ies have investigated the extent to which noise may worsen other types of patient clinical outcomes. Studies are also scarce concerning
the effects of noise and poor acoustics on healthcare staff. The presentation describes a prospective controlled study conducted with
colleagues in Sweden that examined the impact of higher versus lower noise levels, and longer in contrast to shorter reverberation times,
on several patient and staff outcomes in a hospital coronary critical care unit (CCU). Acoustics were altered during the study period by
changing the ceiling tiles throughout the CCU from sound-reflecting tiles to sound-absorbing tiles of similar appearance. Regarding
patients, an improved acoustics environment significantly reduced physiological stress, increased satisfaction with quality of care, im-
proved sleep quality, and lessened incidence of costly re-hospitalizations following discharge. Better acoustics also improved speech
intelligibility, and healthcare staff experienced reduced work demands and less pressure and strain. The discussion concludes by out-
lining research directions, including the need for more outcomes studies to enable development of a strong business case for better
healthcare acoustics.

Contributed Papers

10:20

2aAAd4. Influence of intenesive coronary care acoustics on the quality
of care and phyiological state of patients. Inger Hagerman (Dept of Car-
diology, Karolinska University Hospital, M52, Huddinge, 141 86 Stock-
holm, Sweden, inger.hagerman@karolinska.se), Gundars Rasmanis (Dept
of Cardiology, Karolinska University Hospital, M52, Huddinge, 141 86
Stockholm, Sweden, gundars.rasmanis@karolinska.se), Vanja
Blomkvist (Dept of Cardiology, Karolinska University Hospital, M52, Hud-
dinge, 141 86 Stockholm, Sweden, vanja.blomkvist@pubcare.uu.se), Roger
Ulrich (Texas A&M University, Department of Architecture, 3137 TAMU,
College Station, TX 77843, USA, rulrich@archmail.tamu.edu), Tores
Theorell (Dept of Cardiology, Karolinska University Hospital, M52, Hud-
dinge, 141 86 Stockholm, Sweden, tores.theorell@stressforskning.su.se)

Background unstable coronary disease is a stressful situation and envi-
ronmental influences may increase stress mechanisms important for the car-
diovascular status. Aim to evaluate acoustic influence on patients with coro-
nary artery disease and to test if the effects of poor sound absorption on
work environment affects quality of care and medical status of patients.
Methods 94 patients admitted to the intensive coronary heart unit for chest
pain evaluation participated. Patient groups were recruited during bad and
good acoustic conditions respectively. Blood pressure, pulse amplitude,
heart rate and heart rate variability were monitored. Patients were asked to
fill in a questionnaire about the quality of the care and a follow up of re-
hospitalisation and mortality was made at 1 and 3 months. Results good and
bad acoustics differed significantly with respect to pulse amplitude in acute
myocardial infarction and unstable angina pectoris groups, with lower val-
ues at night during the good acoustics period. Re-hospitalisations were

higher for the bad acoustics group. During the good acoustics period pa-
tients considered the staff attitude much better than during the bad acoustics
period. Conclusion, bad acoustics environment during acute illness may
have important physiological effects of importance for rehabilitation.

10:40
2aAAd5. The future of UK hospital design. Adrian Popplewell (Arup
Acoustics, St Giles Hall, Pound Hill, CB3 OAE Cambridge, UK, adrian
.popplewell@arup.com)

The importance of acoustic conditions within hospitals is highlighted by
recent research indicating that patient recovery times are significantly influ-
enced by the noise levels within wards. Added to this are concerns about
speech privacy and confidentiality, patient and staff comfort, communication
between patient and doctor, and the effects of vibration on sensitive medical
equipment, all of which makes the acoustic design a key parameter in any
hospital development. This paper will discuss the practical issues associated
with the implementation of the current national guidance on hospital acous-
tics (Health Technical Memorandum 2045) and the new, currently unpub-
lished replacement, Health Technical Memorandum 08-01. The experiences
of the author with several large Private Finance Initiative projects, designed
to the current standard, have illustrated the practical difficulties of fully
complying with all its requirements and the design solutions which can be
adopted. Speech privacy and confidentiality has been a critical issue in de-
veloping the new design standard. With Arup Acoustics as key contributors
to this document, and acoustic designers of one of the first major projects in
the UK to comply with this standard, the author is in a prime position to be
able to assess the practical and technical implications of the future guidance.

11:00-11:20 Break

S126 AcTA AcuUsTICA UNITED WITH AcusTicA Vol. 94 (2008) Suppl. 1

Acoustics’08 Paris S126



Invited Papers

11:20

2aAAd6. Development of ’sound and vibration design guidelines for health care facilities’. Kurt Rockstroh (Steffian Bradley
Architects, 100 Summer Street, Boston, MA 02110, USA, kurtr@steffian.com)

"The Guidelines for Design & Construction of Healthcare Facilities” is utilized by the majority of the United States and its federal
agencies involved in funding health care projects. As part of the development of the 2010 Edition of "The Guidelines” a joint sub-
committee of ASA, INCE, NCAC and the Health Guidelines Revision Committee was formed to develop sound and vibration
guidelines. This presentation will explain the collaborative process used to develop, publicize, review and formally vote acceptance of
the sound and vibration guidelines. The presentation will also outline the major components of the new guidelines.

11:40

2aAAd7. Acoustics in green buildings: refining the concept of environmentally quality while improving occupant health and
productivity synergistically. Sholem Prasow (Teknion Furniture Systems, 1150 Flint Rd., Thornhill, ON L3T 4 M9, Canada, sholem
.prasow@teknion.com)
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Environmental Quality has always been a keystone of the green building movement. The concept has evolved from “Indoor Air
Quality”, for example, in the first version of LEED seven years ago to a much broader and enriched concept - a concept that fully
embraces Acoustics - today. This paper explores the evolution of Environmental Quality in both general and health care environments,
and demonstrates the emerging role of Acoustics as an equal partner with Air Quality and Lighting as determinants of both health and
productivity in the built environment. Specific references will be made to LEED rating systems and to emerging acoustical design
requirements within LEED.

12:00

2aAAd8. Getting noise and speech privacy issues heard in design of healthcare facilities. Anjali Joseph (The Center for Health
Design, 1850 Gateway Blvd., Suite 1083, Concord, CA 94520, USA, ajoseph@healthdesign.org)

Hospitals are extremely noisy, and noise levels in most hospitals far exceed recommended guidelines. The high ambient noise levels,
as well as peak noise levels in hospitals, have serious impacts on patient and staff outcomes ranging from sleep loss and elevated blood
pressure among patients to emotional exhaustion and burnout among staff. Poorly designed acoustical environments can pose a serious
threat to patient confidentiality if private conversations between patients and staff or between staff members can be overheard by un-
intended listeners. At the same time, a poor acoustical environment impedes effective communication between patients and staff and
between staff members by rendering speech and auditory signals less intelligible or detectable. This has serious implications for patient
safety. A well-designed acoustical environment is critical in addressing these problems related to noise and communication of
information. The purpose of this presentation is to examine how different aspects of sound - noise, speech privacy, speech intelligibility,
and music - impact patient and staff outcomes in healthcare settings and the specific environmental design strategies that can be used
to improve the acoustical environment of healthcare settings.

12:20

2aAAd9. Noise confounds in functional MRI research and potential solutions. Marc J. Kaufman (McLean Hospital, 115 Mill
St., Brain Imaging Center, Belmont, MA 02478, USA, kaufman@mclean.harvard.edu), Blaise D. Frederick (McLean Hospital, 115
Mill St., Brain Imaging Center, Belmont, MA 02478, USA, BBFrederick@mclean.harvard.edu), Eric E. Ungar (Acentech Inc, 33
Moulton St., Cambridge, MA 02138, USA, eungar@ACENTECH.com), Jonathan D. Kemp (Acentech Inc, 33 Moulton St., Cam-
bridge, MA 02138, USA, jdkemp@acentech.com), David M. Sykes (ANSI S12 Workgroup 44 and the Joint ASA/INCE/NCAC Sub-
committee on Healthcare Acoustics & Speech Privacy, 23 Buckingham Street, Cambridge, MA 02138, USA, david.sykes@remington-
partners.com)

High field functional MRI (fMRI) is becoming a neuroscience research technique of choice because it is noninvasive and can reveal
brain circuitry regulating sensory, motor, and cognitive functions. Unfortunately, rapid scan fMRI results in high noise levels (100-140
dB) that can alter auditory, visual, and pain system function, and also can induce stress, which itself modulates brain responses to
various stimuli. These effects can confound fMRI data interpretation. A number of solutions for this problem have been proposed in-
cluding modifying MRI scanner hardware to reduce noise output, an expensive proposition limited to willing manufacturers, and modi-
fying fMRI pulse sequences to reduce noise output, which is effective within certain limitations. Another approach is to develop acous-
tic noise isolating equipment that separates subjects from noise. This passive approach confers maximum flexibility because it is both
hardware- and fMRI scan sequence-independent. We present initial data documenting efficacy of first generation acoustic noise isolating
equipment for animal fMRI studies. As nearly 25% of patients referred for clinical MRIs refuse scans because they are stressful, acous-
tic noise isolating equipment scaled for clinical MRI scanner use may decrease stress and increase patient compliance, thereby decreas-
ing morbidity and mortality, and improve MRI center workflow.

S127 AcTA AcusTICA UNITED WITH AcusTicA Vol. 94 (2008) Suppl. 1 Acoustics’08 Paris S127



12:40

2aAAd10. Experimental study on applicability of sound masking system in medical examination room. Kanako Ueno
(Institute  of Industrial ~ Science, University of Tokyo, Komaba 4-6-1, Meguro-ku, 153-8505 Tokyo, Japan,
ueno@iis.u-tokyo.ac.jp), Hyojin Lee (Institute of Industrial Science, University of Tokyo, Komaba 4-6-1, Meguro-ku, 153-8505 To-
kyo, Japan, leehj@iis.u-tokyo.ac.jp), Shinichi Sakamoto (Institute of Industrial Science, University of Tokyo, Komaba 4-6-1, Meguro-
ku, 153-8505 Tokyo, Japan, sakamo@iis.u-tokyo.ac.jp), Atsuko Ito (Center for Advanced Sound Technologies, Yamaha, 203 Mat-
sunokijima, 4380192 Iwata, Shizuoka, Japan, atsukol ito@gmx.yamaha.com), Mai Fujiwara (Center for Advanced Sound
Technologies, Yamaha, 203 Matsunokijima, 4380192 lwata, Shizuoka, Japan, mai_fujiwara@gmx.yamaha.com), Yasushi Shimizu
(Center for Advanced Sound Technologies, Yamaha, 203 Matsunokijima, 4380192 lwata, Shizuoka, Japan, yasushi_shimizu@gmx
.yamaha.com)

Recently, speech privacy to avoid oral information leakage in healthcare facilities has become an important issue. This study in-
vestigated effectiveness of sound masking system in regard to masking efficiency, annoyance and its influence on speech conversation
for medical examination rooms in an experimental approach. Considering actual application, two adjacent medical examination rooms
partitioned by a low sound insulation wall in a typical healthcare facility were selected as an experimental field and sound masking
system was temporally installed. In the rooms, acoustic environment was measured and reproduced in an anechoic room with a 3-D
sound field simulation system using a 6-ch sound recording/reproduction technique. In the simulated acoustic condition, subjective tests
were designed to quantify the masking efficiency and annoyance caused by the masking sound. The annoyance test was conducted in
listening condition (with high attention to the sound) and in talking condition (with low attention). As a result, mixed maskers composed
by water stream, synthesized speech signals, and steady state noise showed high performance in both aspect of masking efficiency and
annoyance.

TUESDAY MORNING, 1 JULY 2008 ROOM 252B, 10:20 A.M. TO 1:00 P.M.

Session 2aAAe

Architectural Acoustics, Musical Acoustics, Physical Acoustics, and Noise: Acoustics of Opera Houses |

Robin Glosemeyer Petrone, Cochair
918 16th St., Apt 3, Santa Monica, CA 90403, USA

Roberto Pompoli, Cochair
Engineering Dept. - Univ. of Ferrara, Via Saragat, 1, Ferrara, 44100, Italy

Invited Papers

10:20

2aAAel. Generous opera house acoustics for lyric and symphonic performances. Daniel E. Commins (Commins Acoustics
Workshop, 15 rue Laurence Savart, 75020 Paris, France, d.commins@comminsacoustics.com)

It is believed that a short acoustic response is needed in an opera house to guarantee good intelligibility of lyrics. Some of the best
opera houses have a relatively long reverberation time associated to good clarity. They are more suitable to symphonic concerts than
"damped” rooms. The recently opened 1350-seat Grand Théatre de Provence in Aix-en-Provence, France, is an example of an opera
house with a long response and good clarity. An adequate orchestra shell and proper permanent acoustical treatment of the stage tower
lead to suitable acoustical parameters in the symphony configuration. The measurements show that in an opera house of this capacity,
it is possible to create conditions compatible with opera, symphony, chamber music and recitals. The rich opera configuration sound
generates mostly positive reactions. Most concert goers consider that this room is now the reference for the region. One must note
however that this approach is risky since the values that are considered ideal for opera must be stretched far. It may lead to excessive
reverberation and even to unwanted reflections. This target requires genuine investigations, from early concept to final design, using the
most advanced prediction and modeling techniques. The design of larger rooms under the same principle requires even more care.

10:40

2aAAe2. Opera House Reverberation Times - Design Considerations. Eckhard Kahle (Kahle Acoustics, 188 avenue Moliére,
1050 Brussels, Belgium, kahle@kahle.be), Thomas Wulfrank (Kahle Acoustics, 188 avenue Moliere, 1050 Brussels, Belgium,
twulfrank@kahle.be), Yann Jurkiewicz (Kahle Acoustics, 188 avenue Moliere, 1050 Brussels, Belgium, yjurkiewicz@kahle.be), Brian
F. Katz (LIMSI-CNRS, B.P. 133, 91403 Orsay, France, brian.katz@Ilimsi.fr)

The intimacy of many historic European Opera Houses, especially of the traditional Italian style, is highly cherished and many of
these halls are considered to be among the best halls acoustically. From an acoustical point of view the generally small dimensions -
often combined with a moderate seat count - provide excellent source presence and clarity. On the other hand, the corresponding small
volume leads to short reverberation times, and in recent decades higher reverberation times have been preferred and asked for by clients
and audiences in many countries. Ideas will be presented on how this apparent dilemma between the preference for small dimensions
(for intimacy, source presence and definition) and increased volume (in order to create longer reverberation times) can be addressed.
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11:00

2aAAe3. The "Teatro di San Carlo” in Naples and its smaller clone "Teatro Verdi” in Salerno. Raffaele Dragonetti (DETEC,
University of Naples Federico I, Piazzale Tecchio 80, 80125 Naples, Italy, dragonet@unina.it), Carmine lanniello (DETEC, Univer-
sity of Naples Federico I, Piazzale Tecchio 80, 80125 Naples, Italy, ianniell@unina.it), Francesco Mercogliano (DETEC, University
of Naples Federico Il, Piazzale Tecchio 80, 80125 Naples, Italy, francesco.mercogliano@unina.it), Rosario A. Romano (DETEC, Uni-
versity of Naples Federico Il, Piazzale Tecchio 80, 80125 Naples, Italy, rosroman@unina.it)

The Teatro di San Carlo in Naples (Italy) is a well preserved baroque-type theatre. It was opened in 1737 and flourished up to a
destructive fire. Nine months after the disastrous event the San Carlo was rebuilt completely as it was and reopened in 1817. It is still
praised for its sound quality for opera performance. The Teatro Verdi was conceived by the Municipality of Salerno (ltaly) in 1843.
However, the "querelles” of local parties delayed much its construction so that it could be opened only in 1872. The architects who
designed the Teatro Verdi were influenced very much by the successful Teatro di San Carlo and tried to copy the older and not-far-one
in a smaller scale. The Verdi has undergone few minor changes during its life and is used also for opera shows. The main halls of the
two are in a scale about 1:5. This paper reports a comparison of their acoustical features in terms of objective room-acoustics parameters
accepted for opera-house sound quality. Acoustic measurements were performed with the same instrumentation set. Similarities and
differences are discussed.

11:20

2aAAe4. Teatro ’La Fenice’, Venice --- The secrets of the acoustical reconstruction of the destroyed theater according to
historical and modern requirements. Jirgen Reinhold (Miller BBM GmbH, Robert Koch Strasse 11, D 82152 Planegg/Miinchen,
Germany, Juergen.Reinhold@MuellerBBM.de)
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The reconstruction of this artistically and architecturally very important opera house that was completely destroyed by a fire and
which was famous throughout the world not least for its excellent acoustical qualities, was a brilliant challenge also for an acoustician.
The historical planning requirements - complete reconstruction "as it was; where it was” - the latest findings in room acoustics as well
as a huge number of "modern” requirements are to be brought in line. The theatre hall as heart of the Teatro "La Fenice” was recon-
structed in its classical horseshoe shape with five tiers in pure wooden construction. Modern standard specifications had to be met for
ventilation and air conditioning, the installation of a modern stage machinery as well as an improved safety and fire prevention concept.
Furthermore the space allocation plan had to be extended by the integration of new rehearsal rooms and technical equipment rooms.
From the point of view of building and room acoustics this was a very complex task - if in addition the cramped conditions of the Teatro
"La Fenice” in Venice are taken into consideration. The lecture provides an insight into the building and room acoustical planning, its
realization and the achieved acoustical results.

11:40

2aAAe5. The acoustics of the Beijing National Grand Theatre of China. Isabelle Schmich (CSTB, 24, Rue Joseph Fourier,
38400 Saint Martin D’Heres, France, isabelle.schmich@cstb.fr), Paul Chervin (CSTB, 24, Rue Joseph Fourier, 38400 Saint Martin
D’Heres, France, paul.chervin@cstb.fr), Zhu Xiangdong (School of Architecture, Tsinghua University, Room 104, Centre Main Build-
ing, 100084 Beijing, China, zxd@abcd.edu.cn), Yan Xiang (School of Architecture, Tsinghua University, Room 104, Centre Main
Building, 100084 Beijing, China, yx@abcd.edu.cn), L Guo-Qi (The National Grand Theatre, 2, Chang an sast street, 100031 Beijing,
China, liguogi@fujisound.com)

The National Grand Theatre of China opened in December 2007 in Beijing. It is a complex of three performance halls: the Opera
(2400 seats), the Concert Hall (2000 seats) and the Theatre (1100 seats). These three halls are covered by a super-ellipsoidal shell made
out of titanium and glass. The history of the acoustic design evolution from the winning of the competition in 1999 by the Architect Paul
Andreu to the final construction will be retraced including the preliminary design, the acoustic simulations and auralisations. The acous-
tic design of each hall will be presented with its specifications and detailed particularities. Final acoustic measurements have been done
in the three empty halls and in the occupied concert hall. The results and acoustic criteria will be discussed. In addition, a subjective
evaluation has been done with psychoacoustic questionnaires and the results will be presented and analysed.

Contributed Papers

12:00 auditorium with and without a music shell on the stage. After the completion
2aAAeb. Acoustical design and scale model test for the opera house of of the building, an acoustics test was taken. Several performances show that
Zhongshan city. Shuo Xian Wu (State Key Laboratory of Subtropical its acoustics reaches a quite high level and has won high praises.

Building Science, South China University of Technology, 381 Wushan

Street, 510640 Guangzhou, China, arshxwu@scut.edu.cn), Yue Zhe

Zhao (State Key Laboratory of Subtropical Building Science, South China 12:20

University of Technology, 381 Wushan Street, 510640 Guangzhou, China, 2aAAe7. Subjective Assessments of Acoustical Environments for
arzhyzh@scut.edu.cn) Un-assisted Traditional Peking Opera Performances. Wei-Hwa
Chiang (National Taiwan University of Science and Technology, 43, sec. 4
Keelung Rd, Taiwan, 106  Taipei, Taiwan, edchiangl224
@hotmail.com), Wei Lin (National Taiwan University of Science and
Technology, 43, sec. 4 Keelung Rd, Taiwan, 106 Taipei, Taiwan,
D9313001@mail.ntust.edu.tw), Ya-Jhen Yu (National Taiwan University of
Science and Technology, 43, sec. 4 Keelung Rd, Taiwan, 106 Taipei, Tai-
wan, ianmelody@hotmail.com)

The opera house of Zhongshan City in Guangdong province of China is
the performing art center of the city. It was completed in Oct. 2005. It has
1400 seats including 833 stall seats and another 484 seats on two levels of
balcony. The volume of the auditorium is 12000m3 and the V/N is 9.1m3
per seat. The main purpose of the building is for the performances of opera
and ballet. Some music and conference events are also to be held there.
Therefore, the occupied reverberation time at medium frequencies is set to

be 1.6s and its background noise level has to meet NR-20. During the acous-
tical design, a 3D computer simulation model established with ODEON
software and a 1:20 scale model was made to analyze the sound fields of the

S129 AcTA AcusTICA UNITED WITH AcusTicA Vol. 94 (2008) Suppl. 1

The prevalence of Western performing arts has impacted on how tradi-
tional Peking opera is performed. It is, however, necessary to preserve and
pass on traditional Peking opera for it integrates the essence of Chinese
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opera. The research has been conducted regarding subjective assessment of
the acoustical environment for traditional Peking opera. Recording of dry
sound sources was also performed. Sound strength and listening direction
were found to be the principle factors that determined evaluation for overall
impression while reverberation time is less important. The 6000 m3 can be
used as the upper limit for room volume when a thrust stage is used.

12:40
2aAAe8. Considerations about the acoustical properties of Teatro
Nuovo in Spoleto after the restauration works. Alessandro

Cocchi (University, DIENCA Dept. Facolta di Ingegneria, Viale Risorgi-
mento 2, 40136 Bologna, Italy, alessandro.cocchi@mail.ing
.unibo.it), Marco Cesare Consumi (University, DIENCA Dept. Facolta di
Ingegneria,  Viale  Risorgimento 2, 40136 Bologna, Italy,

TUESDAY MORNING, 1 JULY 2008

marcocesare.consumi@mail.ing.unibo.it),Ryota Shimokura(AIST, 1-8-31
Midorigaoka, Ikeda, 563-8577 Osaka, Japan, ryota.shimokura@aist.go.jp)

In 2003 the municipality of Spoleto decided to stop the performances
within the Teatro Nuovo, among the others also of "Two World Annual Fes-
tival”, as it was necessary to modify some material, repair the floor, refurbish
pictures and so on: the first author was charged with all the acoustical as-
pects and he decided to perform extensive acoustical measurements. During
this measurement campaign, a flutter echo was detected in the stalls, so it
became necessary to detect the origin of this problem, then to find some
modification able to remove this problem: we have already presented our
studies on this subject, from which a new design of the orchestra pit was
derived. For fire safety reasons it was necessary also to remove some elastic
panels from the boxes, and an acoustically equivalent technical solution was
adopted. Even the stalls floor was removed and a new solution was adopted
incorporating the heating plant and an acoustical solution. In this paper we
will present the results of measurements performed after the opening of the
theatre (a typical Italia Opera House of the end of the Eighteen Century) and
some consideration about the acoustical results so obtained.

ROOM 342B, 8:00 A.M. TO 1:20 P.M.
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Animal Bioacoustics and ECUA: Animal Bioacoustic Censusing |

Marie A. Roch, Cochair
San Diego State University, Dept. of Computer Science, San Diego, CA 92182-7720, USA

Cédric Gervaise, Cochair
E312 - EA3876, 2 rue Francois Verny, Brest Cedex, 29806, France

Invited Papers

8:00

2aABl. Passive acoustic detection of grouper sound production. David Mann (University of South Florida, College of Marine
Science, 140 7th Ave. S., St. Petersburg, FL 33701, USA, dmann@marine.usf.edu), James Locascio (University of South Florida,
College of Marine Science, 140 7th Ave. S., St. Petersburg, FL 33701, USA, locascio@marine.usf.edu), Michelle Schéarer (University
of Puerto Rico-Mayaguez, Department of Marine Sciences, Isla Magueyes, La Parguera, 00667 Lajas, Puerto Rico,
m_scharer@hotmail.com), Chris Koenig (Florida State University, Coastal and Marine Laboratory, St. Teresa Beach, FL 32358, USA,
koenig@bio.fsu.edu), Michael Nemeth (University of Puerto Rico-Mayaguez, Department of Marine Sciences, Isla Magueyes, La
Parguera, 00667 Lajas, Puerto Rico, michaelnemeth@hotmail.com), Misty Nelson (University of South Florida, College of Marine
Science, 140 7th Ave. S., St. Petersburg, FL 33701, USA, mnelson@marine.usf.edu), Felicia Coleman (Florida State University,
Coastal and Marine Laboratory, St. Teresa Beach, FL 32358, USA, coleman@bio.fsu.edu), Richard Appeldoorn (University of Puerto
Rico-Mayaguez, Department of Marine Sciences, Isla Magueyes, La Parguera, 00667 Lajas, Puerto Rico, rappeldo@uprm.edu)

Passive acoustic recordings were used to study the behavior of red hind (Epinephelus guttatus) at spawning aggregation sites off of
Puerto Rico and Mona Island, and goliath grouper (Epinephelus itajara) and red grouper (Epinephelus morio) on the West Florida Shelf.
The sounds produced by each species were unique, low-frequency pulsed sounds and associated with reproductive-related behavior.
Male red hind produced sounds composed of a series of pulses that graded into a tonal-like sound, mostly during territorial patrolling.
Long-term acoustic recorder (LARS) data from the west coast of Puerto Rico and Mona Island showed similar diel periodicities of
sound production of red hind, but had different monthly peaks in sound production. Goliath grouper sounds consisted of low-frequency
individual pulses (50-100 Hz) that are consistent with sounds produced by a large fish, and showed lunar periodicity in sound
production. Peaks in sound production occurred nightly after midnight, but sounds were also produced throughout the day. Sound pro-
duction and spawning by red grouper was recorded using a remotely operated vehicle (ROV) at depths of 80-100 m. Passive acoustic
techniques can provide synoptic, long-term time series of sound production associated with reproductive activities of soniferous species
at widely spaced sites.

8:20

2aAB2. The value of acoustic technologies for monitoring bird migration. Andrew Farnsworth (Cornell Laboratory of Ornithol-
ogy, 420 E 54th St, 38J, New York, NY 10021, USA, af27@cornell.edu)

Many North American species of birds give distinctive flight calls during nocturnal migration. Monitoring these calls can be a
powerful method for studying the timing and magnitude of migration, as well as for confirming the presence of individual species and
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potentially for quantifying passage rates. Recent technological advances in acoustic monitoring, such as increased processor speeds of
computers, automated detection software, increased data storage capacities, and a comprehensive identification guide, permit recording
of the vocalizations of passing migrants over entire nights for entire migration seasons, thus yielding data on species composition,
migration timing and routing, and the magnitude of migration traffic. |1 will discuss several recent studies that have used acoustic tech-
nologies to monitor nocturnal migration, presenting data on species composition and relative abundance. Additionally, | will present
some recent approaches to addressing quantification of passing migrants by their calls. | will also discuss wider applications of this
technology beyond the realm of North American migrant species.

Contributed Papers

8:40
2aAB3. Automatic detection of short time periodic bird calls in realistic
monitoring scenarios. Daniel Wolff (Department of Computer Science
111, University of Bonn, Roemerstr. 164, 53117 Bonn, Germany,
wolffd@bonn.edu), Klaus H. Tauchert (Humboldt-University Berlin, Insti-
tute of Biology, Invalidenstr. 43, 10115 Berlin, Germany,
klaus.tauchert@gmx.de), Karl H. Frommolt (Humboldt-University Berlin,
Museum fiir Naturkunde, Tierstimmenarchiv, Invalidenstr. 43, 10115 Berlin,
Germany, karl-heinz.frommolt@rz.hu-berlin.de), Rolf Bardeli (Department
of Computer Science Ill, University of Bonn, Roemerstr. 164, 53117 Bonn,
Germany, bardeli@iai.uni-bonn.de), Frank Kurth (FGAN-FKIE, Abteilung
KOM, Neuenahrer Str. 20, 53343 Wachtberg-Werthhoven, Germany,

plifying the discriminative potential of the underlying features, we will point
out the application to other members of the Warbler family as well as the
detection of cricket and toad sounds.

9:00

2aAB4. Animal censusing using seismic cues: techniques used for
African elephants. Jason D. Wood (Beam Reach Marine Science and
Sustainability School, 7044 17th Ave NE, Seattle, WA 98115, USA,
jason@bheamreach.org), Caitlin E. O’Connell-Rodwell (Stanford Univer-
sity, Department of Otolaryngology, Head and Neck Surgery, Stanford,
94305, USA, ceoconnell@stanford.edu), Simon L. Klemperer (Stanford
University, Department of Geophysics, Stanford, 94305, USA, sklemp
@stanford.edu)
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kurth@fgan.de), Michael Clausen (Department of Computer Science IlI,
University of Bonn, Roemerstr. 164, 53117 Bonn, Germany, clausen@iai
.uni-bonn.de)

Counting populations of animals has proven to be difficult and inexact
for species that are difficult to detect visually. A growing number of re-
searchers have successfully turned to detecting animals by their acoustic sig-
nals in order to count their numbers. To predict the number of animals
present a regression line is generated from the relationship between such
measures as calling rate and the number of animals documented visually
during that recording by the researcher. Depending on the communication
system of the species in question, a significant amount of the variation in
calling rate can be attributed to other factors such as group behavior rather
than the number of individuals present. For species where these other
sources of variation are high it may be more appropriate to use acoustic cues
to detect and count the number of animals. This paper will present tech-
niques used to detect and estimate elephant numbers from geophone record-
ings of their footfalls; cues that are a byproduct of their locomotion and are
thus not as dependent on group behavior.

In this contribution, we propose a method for the automatic detection
and localisation of bird calls featuring simple as well as highly repetitive
structures. Reporting from a research project focused at computer aided
acoustical monitoring, a detector for Locustella luscinoides (Savi’s Warbler)
is presented, performing reliably even on highly distorted recordings. In co-
operation with the Animal Sound Archive at the Humboldt University, Ber-
lin, this detector was incorporated into a multimodal censusing method com-
bining GPS-data and automatically annotated audio recordings to perform
line mapping. An evaluation of the proposed techniques for unsupervised
monitoring purposes was also performed on 20 hours of multichannel re-
cordings from Lake Parstein, a cane brake area in Germany. Finally, exem-

Invited Papers

9:20

2aAB5. Species identification and measurement of activity in odontocete species of Palmyra Atoll by acoustic monitoring.
Simone Baumann  (Scripps Institution of Oceanography- UCSD, 9500 Gilman Dr. #0205, La Jolla, CA 92093, USA,
sbaumann@ucsd.edu), John A. Hildebrand (Scripps Institution of Oceanography- UCSD, 9500 Gilman Dr. #0205, La Jolla, CA
92093, USA, jhildebrand@ucsd.edu), Sean M. Wiggins (Scripps Institution of Oceanography- UCSD, 9500 Gilman Dr. #0205, La
Jolla, CA 92093, USA, swiggins@ucsd.edu), Hans-Ulrich Schnitzler (Eberhard-Karls-Universitat Ttbingen, Zool. Institut, Abt. Tier-
physiologie, Auf der Morgenstelle 28, 72076 Tiibingen, Germany, hans-ulrich.schnitzler@uni-tuebingen.de)

Acoustic monitoring has been used to study odontocete presence at Palmyra Atoll, a remote island in the Northern Line Islands
chain. Long-term recordings of high-frequency, broadband acoustic data have become possible with recent technological advances. A
High-frequency Autonomous Recording Package (HARP) has been developed which samples at 200 kHz with a duty cycle of 1/4 for
up to seven months. This instrument has recorded since October 2006 at Palmyra Atoll. Visual and acoustic surveys were conducted
around Palmyra Atoll using a four-element towed hydrophone array sampling real-time at 200 kHz to obtain species-specific acoustic
data. These data are used as reference for automatic detection algorithms applied on the long-term recordings. To date, acoustically and
visually detected odontocetes include bottlenose dolphins (Tursiops truncatus), spinner dolphins (Stenella longirostris), melon-headed
whales (Peponocephala electra) and beaked whales of the genus Mesoplodon. The long-term HARP data reveal acoustic activity pri-
marily at night time and predominantely odontocete clicks. Both the beaked as well as the melon-headed whales are present year round
and show a distinct daily acoustic activity cycle.

9:40

2aAB6. Distribution patterns of delphinids in the California Current Ecosystem observed through acoustic monitoring of
species-specific echolocation clicks. Erin M. Oleson (Scripps Institution of Oceanography- UCSD, 9500 Gilman Dr. #0205, La Jolla,
CA 92093, USA, eoleson@ucsd.edu), Melissa S. Soldevilla (Scripps Institution of Oceanography- UCSD, 9500 Gilman Dr. #0205, La
Jolla, CA 92093, USA, msoldevilla@ucsd.edu), John Calambokidis (Cascadia Research Collective, 218 1/2 W. 4th Ave., Olympia,
WA 98501, USA, calambokidis@cascadiaresearch.org), Curtis Collins (Naval Postgraduate School, 833 Dyer Road, Rm 328,
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Monterey, CA 93943, USA, Collins@nps.edu),Sean M. Wiggins (Scripps Institution of Oceanography- UCSD, 9500 Gilman Dr. #0205,
La Jolla, CA 92093, USA, swiggins@ucsd.edu), John A. Hildebrand (Scripps Institution of Oceanography- UCSD, 9500 Gilman Dr.
#0205, La Jolla, CA 92093, USA, jhildebrand@ucsd.edu)

Visual surveys along the U.S. west coast conducted in the 1980s-90s suggested that Pacific white-sided and Risso’s dolphins likely
undergo annual movement between California during winter-spring, and Oregon-Washington in the summer-fall. Using high-frequency
autonomous acoustic recordings within the southern California, central California, and Washington regions of the California Current
System, we evaluated the seasonal occurrence of these dolphin species through detection of their echolocation clicks. The clicks of
Pacific white-sided and Risso’s dolphins are characterized by a unique combination of local frequency peaks for each species, providing
a statistically robust means of identification from autonomous acoustic records. Based on these unique spectral characters, we extracted
periods of clicking by each species from concurrently sampled coastal and shelf/slope locations off southern California and Washington,
and a single offshore site off central California. The number of hours that each species was heard per day was quantified and compared
among seasons and regions. Both species were heard year-round at shelf/slope sites off southern California and Washington; however
their patterns of occurrence at coastal sites differed somewhat. Our results indicate year-round presence of Pacific white-sided and
Risso’s dolphins in some regions, suggesting that the seasonal distribution of these species may have recently changed.

10:00-10:20 Break

Contributed Papers

10:20
2aAB7. Radial distance sampling with passive acoustics: The prospect
of estimating absolute densities of cetaceans from static acoustic
datalogger data. Jakob Tougaard (National Environmental Research In-
stitute, University of Aarhus, Frederiksborgvej399, DK-4000 Roskilde, Den-
mark, jat@dmu.dk)

Recording animal vocalisations with a static acoustic datalogger can be
viewed as a form of point transect sampling and results analysed within the
framework of distance sampling theory. The key element is the radial detec-
tion function, which specifies the probability of detecting a vocalisation as a
function of distance from the datalogger. This function can be modelled
theoretically or preferably determined experimentally and from it the effi-
cient radial detection distance can be determined. Radial detection functions
were determined for two different harbour porpoise dataloggers (T-PODs,
version 1 and version 3) by means of concurrent visual tracking of
porpoises. 52% and 82% of the porpoises within 100 m from the T-PODs
were detected by the V1 and V3 T-POD, respectively and 11% and 30%,
respectively were detected between 100 and 200 m from the T-PODs. Ef-
fective detection radius (EDR) was 97 m and 150 m for the two T-PODs,
respectively. Porpoises echolocate almost continuously. If it is assumed that
silent periods rarely exceeds 1 minute in duration an average detection rate
on the version 3 T-POD for the study site of 2.7 detection positive minutes
per hour can be converted into a density estimate of 0.69 porpoises/km?.

10:40
2aAB8. Computer-aided detection of non-stereotyped bowhead whale

Physical Laboratory, Scripps Institution of Oceanography, 9500 Gilman Dr,
MC 0238, La Jolla, CA 92093-0238, USA, athode@ucsd.edu), Delphine
Mathias (Marine Physical Laboratory, Scripps Institution of Oceanography,
9500 Gilman Dr, MC 0238, La Jolla, CA 92093-0238, USA,
delphine.mathias@gmail.com), Miles McLennan (Greeneridge Sciences,
Inc., 4512 Via Huerto, Santa Barbara, CA 93110, USA, billm
@greeneridge.com), Charles R. Greene (Greeneridge Sciences, Inc., 4512
Via Huerto, Santa Barbara, CA 93110, USA, cgreene@greeneridge.com)

In 2007 thirty-five autonomous recording packages were deployed over
a 150 mile swath in the Beaufort Sea to monitor the annual migration of the
bowhead whale (Balaena mysticetus) population during seismic exploration
activities. Over 1350 days worth of acoustic data were gathered, generating
a need for computer-aided assistance in detecting calls. Bowhead whales
produce over ten types of frequency modulated calls, and the frequency
range, duration, and fine structure of individual calls vary considerably even
within each call type, creating difficulties when using simple matched-
filtering or spectrogram correlation. Numerous airgun signals also display
frequency-modulated structure, complicating the challenge. In this presenta-
tion a three-stage process is presented for detecting arbitrary bowhead whale
calls in the presence of seismic airgun signals, implemented in JAVA and
MATLAB, with components extracted from the industry-supported PAM-
GUARD software package. The first stage runs several "energy-based” de-
tectors simultaneously across multiple frequency bands to capture events,
and a second stage analyzes the timing of these detections to remove regular
periodic sequences, such as those expected from airguns. The final stage at-
tempts to trace contours on spectrograms. Both genetic algorithms and direct
optimization are used to optimize the program’s 21 input parameters. [Work

calls in the presence of seismic airgun signals. Aaron Thode (Marine
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Invited Papers

11:00

2aAB9. Comparison of feature extraction methods for the identification of odontocete species based upon echolocation clicks.
Marie A. Roch (San Diego State University, 5500 Campanile Dr, Dept of Computer Science, San Diego, CA 92182-7720, USA,
marie.roch@sdsu.edu), Holger Klinck  (Alfred Wegener Institute, P.O. Box 120161, 27515 Bremerhaven, Germany,
holger.klinck@awi.de), David K. Mellinger (Oregon State Univ. and NOAA, 2030 SE Marine Science Dr., Newport, OR 97365, USA,
David.Mellinger@oregonstate.edu), Melissa S. Soldevilla (Scripps Institution of Oceanography- UCSD, 9500 Gilman Dr. #0205, La
Jolla, CA 92093, USA, msoldevilla@ucsd.edu), John A. Hildebrand (Scripps Institution of Oceanography- UCSD, 9500 Gilman Dr.
#0205, La Jolla, CA 92093, USA, jhildebrand@ucsd.edu)

Recent work by several groups has shown that odontocete echolocation clicks contain information that can be used to detect or
identify specific species. In this study, we compare the relative performance of cepstral and wavelet features on various Pacific Ocean
species of odontocetes. Comparison of features within different systems is often complicated by the large number of variables unrelated
to feature extraction that change between systems. By experimenting within a proven state of the art classification framework, it is
possible to make meaningful comparisons of feature extraction performance with respect to common machine learning algorithms such
as neural networks, support vector machines, and Gaussian mixture models.
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11:20

2aAB10. Long-term Passive Acoustic Monitoring of Delphinids in the Southern California Bight. Melissa S. Soldevilla
(Scripps Institution of Oceanography- UCSD, 9500 Gilman Dr. #0205, La Jolla, CA 92093, USA, msoldevilla@ucsd.edu), John A.
Hildebrand  (Scripps Institution of Oceanography- UCSD, 9500 Gilman Dr. #0205, La Jolla, CA 92093, USA,
jhildebrand@ucsd.edu), Sean M. Wiggins (Scripps Institution of Oceanography- UCSD, 9500 Gilman Dr. #0205, La Jolla, CA 92093,
USA, swiggins@ucsd.edu), Marie A. Roch (San Diego State University, 5500 Campanile Dr, Dept of Computer Science, San Diego,
CA 92182-7720, USA, marie.roch@sdsu.edu)

Spectral characteristics of clicks are described for five species of delphinids in the Southern California Bight (long-beaked common
dolphins, Delphinus capensis, short-beaked common dolphins, Delphinus delphis, Risso’s dolphins, Grampus griseus, Pacific white-
sided dolphins, Lagenorhynchus obliquidens, and bottlenose dolphins, Tursiops truncatus). Recent technological advancements allow
long-term, broadband (100 kHz bandwidth), passive acoustic monitoring from autonomous sea-floor mounted instruments. The ability
to record higher frequencies allows study of a broader range of odontocete vocalizations including echolocation clicks. To determine
whether delphinid species could be identified by their clicks, concurrent ship-based visual and acoustic surveys were conducted. We find
that clicks from Pacific white-sided and Risso’s dolphins contain spectral peaks and notches that are unique and consistent for each
species. These spectral patterns are also apparent in long-term autonomous acoustic recordings throughout the Southern California
Bight. Utilizing this spectral classification method, we examine of diel, seasonal, and habitat use patterns of acoustically active Risso’s
and Pacific white-sided dolphins. The ability to monitor animals through the night provides insight into distinct diel patterns of acoustic
activity for both species while the high temporal resolution acoustic data can be used to relate oceanographic time series to dolphin
activity.

Contributed Papers

11:40
2aAB11. Sound production and spawning by black brum (Pogonias
cromis) in southwest Florida. James Locascio (University of South
Florida, College of Marine Science, 140 7th Ave. S., St. Petersburg, FL
33701, USA, locascio@marine.usf.edu), Ernst Peebles (University of
South Florida, College of Marine Science, 140 7th Ave. S., St. Petersburg,
FL 33701, USA, epeebles@marine.usf.edu), David Mann (University of
South Florida, College of Marine Science, 140 7th Ave. S., St. Petersburg,
FL 33701, USA, dmann@marine.usf.edu)

We used the Long Term Acoustic Recording System (LARS) to investi-
gate patterns of sound production in spawning aggregations of black drum
(Pogonias cromis) during 2004 - 2006 in southwest Florida. Our purposes
were to document trends in black drum sound production on daily and sea-
sonal time scales and to investigate the temporal and quantitative relation-
ships between egg production and sound production. Sound production was
strongly diel, beginning near dusk and lasting for several hours. Sound pro-
duction occurred from October through April and peaked in February-
March, consistent with prior descriptions of the spawning season for this
species based on the gonado-somatic index (GSI). To investigate the rela-
tionship between sound production and egg production, surface plankton
tows were conducted hourly between 1600 - 0400 on two consecutive nights
while continuous underwater acoustic recordings were made. This was done
five times between January and April, 2006. Neither the timing nor quantity
of sound production was correlated with egg production on a nightly basis.
These results indicate that patterns in sound production are not useful for
predicting patterns in egg production by black drum on a daily scale but do
provide accurate characterization of spawning behavior on a seasonal basis.

12:00
2aAB12. Nearest-neighbor techniques for automated monitoring of
nocturnal flight calls. Harold Figueroa (Cornell University, Bioacoustics
Research Program, 159 Sapsucker Woods Road, Ithaca, NY 14850, USA,
harold.figueroa@gmail.com), Andrew Farnsworth (Cornell Laboratory of
Ornithology, 420 E 54th St, 38J, New York, NY 10021, USA, af27@cornell
.edu)

Flight-calls are short vocalizations used primarily during nocturnal flight
. Their observation provides a means for studying the timing, location, and
composition of nocturnal migrations. As part of a three-year study the Cor-
nell Lab of Ornithology is using autonomous recorders to sample flight-calls
of nocturnal migrants in the Northeastern US. The resulting tens of thou-
sands of hours of recording, make software-assisted detection and classifi-
cation essential. Automatic processing and human evaluation have yielded a
considerable collection of flight-calls, 5-1000 examples for ~100 species.
The many-class classification problem, along with the availability of many
examples from most of the classes, and established (condensation and
editing) and recent (metric-trees) techniques used in prototype-based classi-
fication nearest-neighbor techniques, have led us to develop nearest-
neighbor based techniques and software to assist in the analysis of this data.
We will present classification results on two examples, a set of thrushes
(genera Catharus and Hylocichla, family Turdidae) consisting of six species
and wood-warblers (family Parulidae) consisting of 48 species. The thrush
flight-calls are visually and aurally distinctive, usually 100-400 ms in dura-
tion and occupy and the 2-5 kHz band. Wood-warbler flight-calls are typi-
cally between 20-100 ms in duration and occupy the 5-10 kHz, and are dif-
ficult for many experienced observers to distinguish.
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Invited Paper

12:20

2aAB13. Sperm whale monitoring with a deep acoustic platform: Results from NEMO ONDE experiment and way ahead.
Gianni Pavan (CIBRA - Universita di Pavia, Via Taramelli 24, 27100 Pavia, Italy, gianni.pavan@unipv.it)

Within the INFN NEMO Project on the underwater detection of high energy neutrino, a deep hydrophone station, named ONDE
(Ocean Noise Detection Experiment), has been deployed on the seafloor 21 km offshore Catania (Sicily, Italy), at 2000 m depth. Acous-
tic data recorded in 2005 and 2006 provided long term information on the underwater noise and a huge amount of sperm whales’
detections that indicate a presence of the species higher than previously believed. Only few sightings are available for the previous years
and scarce literature is available for the area. With ONDE, in year 2005 sperm whales were detected in 117 of the 231 recorded days
and in 31 of the 83 days in year 2006. Clicks were the most common vocalizations recorded. Chirrups and codas (dominated by the 3+1
pattern) were present frequently, but creaks, possibly indicating feeding actions, were seldom heard. The whales were often detected,
solitary or in groups, for time segments of only a few hours. This, with the low rate of creaks, may mean they were just in transit. Based
on these results, a new project named (Listening Into the Deep Ocean) has been set with INGV to create a Mediterranean wide network
by upgrading existing underwater seismic detectors with broadband acoustic sensors.
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Contributed Paper

12:40

2aAB14. Detection and classification of call types in the vocalizations of
north-east pacific blue whales. Jack McLaughlin (University of Wash-
ington, 1013 NE 40th St, Seattle, WA 98105-6698, USA,
jackm@apl.washington.edu), Nicolas Josso (GIPSA-lab, dep. DIS, 961,
rue de la Houille Blanche, 38402 St Martin d’Héres, France,
nicolas.josso@gispa-lab.inpg.fr), Cornel loana (GIPSA-Ilab, dep. DIS, 961,
rue de la Houille Blanche, 38402 St Martin d’Heres, France, cornel.ioana
@gipsa-lab.inpg.fr)

Characterization of marine mammal vocalizations is an essential part of

any program of marine mammal monitoring as well as being of great help
for furthering understanding of subjects such as underwater communication,

sonar, etc. The vocalizations of the North-East Pacific (NEPAC) blue whales
are known to be made of at least three different call types: the A call, the B
call and the C call. This study aims at the development of a wholly auto-
matic process of detection and classification for the two most common call
types of the NEPAC population which are the A call and the B call. We cre-
ated one template for the A call and one for the B call in order to extract
features with matched filtering operations. We show that a simple Gaussian
Mixture Model classifier can be used to accurately track and identify the call
types in 24-hour long records. The proposed methodology is applied to real
data sets recorded by seismic sensors.

Invited Paper

2aAB15. Experience with VoxNet: a rapidly-deployable acoustic monitoring system for bio-acoustic studies. Lewis Girod

(MIT/CSAIL, 32G-918, 32 Vassar St, Cambridge, MA 02139, USA, girod@nms.csail.mit.edu), Michael Allen (Cogent Computing
ARC, Coventry University, Coventry, UK, allenm@lIecs.cs.ucla.edu), Travis Collier (UCLA Dept. of Biology, 3563 Boelter Hall, Los
Angeles, CA 90095, USA, travc@taylor0.biology.ucla.edu), Daniel T. Blumstein (UCLA Dept. of Biology, 3563 Boelter Hall, Los
Angeles, CA 90095, USA, marmots@ucla.edu), Deborah Estrin  (UCLA Dept. of Biology, 3563 Boelter Hall, Los Angeles, CA 90095,
USA, destrin@cs.ucla.edu), Charles Taylor (UCLA Dept. of Biology, 3563 Boelter Hall, Los Angeles, CA 90095, USA, taylor

@biology.ucla.edu)

Terrestrial bioacoustic census is a difficult problem because of propagation characteristics, obstructions, the diversity of bioacoustic
sources, and the impact of noise. To address this problem we have developed VoxNet, a complete hardware and software platform for
distributed acoustic monitoring applications. Each VoxNet node is a portable, self-contained processor with a small four-channel acous-
tic array. Using a distributed set of VoxNet nodes, a forested habitat can be monitored and the behavior of animals can be recorded and
analyzed acoustically. In this work we present our experiences applying VoxNet to bioacoustic census. This work is based on data
collected using the system during a deployment in Chiapas, Mexico at the Chajul Biological Field Station. The Chajul station is located
in a region of dense rain forest and is home to Mexico’s most diverse ecosystem. Using VoxNet in this harsh environment, we obtained

census estimates based on observation of bird calls.
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8:00

2aA0al. Spawning Behaviour and Spatial Distribution of Atlantic Herring on Georges Bank Revealed by Ocean Acoustics
Waveguide Remote Sensing. Purnima Ratilal (Northeastern University, 302 Stearns Center, Rm 311, 360 Huntington Ave, Boston,
MA 02115, USA, purnima@ece.neu.edu), Zheng Gong (Northeastern University, 302 Stearns Center, Rm 311, 360 Huntington Ave,
Boston, MA 02115, USA, zgong@ece.neu.edu), Daniel Cocuzzo (Northeastern University, 302 Stearns Center, Rm 311, 360 Hun-
tington Ave, Boston, MA 02115, USA, dcocuzzo@ece.neu.edu), Mark Andrews (Northeastern University, 302 Stearns Center, Rm
311, 360 Huntington Ave, Boston, MA 02115, USA, Andrews.mar@neu.edu), Srinivasan Jagannathan (Massachusetts Institute of
Technology, Room 5-435, 77 Massachusetts Avenue, Cambridge, MA 02139, USA, jsrini@mit.edu), loannis Bertsatos (Massachusetts
Institute of Technology, Room 5-435, 77 Massachusetts Avenue, Cambridge, MA 02139, USA, ibertsat@mit.edu), Tianrun Chen
(Massachusetts Institute of Technology, Room 5-212, 77 Massachusetts Avenue, Cambridge, MA 02139, USA, trchen@mit.edu), Hector
Pena (Institute of Marine Research, PO Box 1870, 5817 Bergen, Norway, hector.pena@imr.no), Ruben Patel (Institute of Marine
Research, PO Box 1870, 5817 Bergen, Norway, ruben.patel@imr.no), Olav R. Godo (Institute of Marine Research, PO Box 1870,
5817 Bergen, Norway, olav.rune.godoe@imr.no), J. Michael Jech (NOAA/Northeast Fisheries Science Center, 166 Water Street,
Woods Hole, MA 02543, USA, michael.jech@noaa.gov), Thomas C. Weber (University of New Hampshire, Ctr. for Coastal and
Ocean Mapping, 24 Colovos Road, Durham, NH 03824, USA, weber@ccom.unh.edu), Nicholas Makris (Massachusetts Institute of
Technology, Room 5-212, 77 Massachusetts Avenue, Cambridge, MA 02139, USA, makris@mit.edu)

An ocean acoustics waveguide remote sensing (OAWRS) system was deployed in the Gulf of Maine, near Georges Bank to image
Atlantic herring and other fish populations from Sep-Oct 2006. OAWRS provides spatially unaliased imaging of herring over wide
areas, spannning over 100 km diameter. Migration and spawning behaviour of Atlantic herring was observed using OAWRS over sev-
eral diurnal periods, including massive movements on and off the bank to spawn. Measurements made simultaneously with a conven-
tional fish-finding echosounder (CFFS) and a multibeam sonar provide the depth distribution and local 3D morphology respectively of
the herring schools in the water column. Concurrent trawl surveys provide identification of the fish species. Measurements mades by
OAWRS and CFFS systems are highly correlated. Examples will be provided of the co-registration between the two systems over a one
week period. Calibration of the OAWRS system using CFFS estimates of fish population densities along with a full-field scattering
model that takes into account both coherent and incoherent scattering from a fish group is discussed. The fish swimbladder is modelled
as a spheroidal bubble. Resonance scattering behaviour of herring is observed in the OAWRS system with significant changes in scat-
tering amplitude over the 300 Hz to 1.5 kHz frequency range of the OAWRS system.

8:20

2aA0a2. Passive acoustic mapping of marine biological choruses. Gerald D’Spain (Marine Physical Lab, Scripps Institution of
Oceanography, 291 Rosecrans St., San Diego, CA 92106, USA, gld@mpl.ucsd.edu), Heidi Batchelor (Marine Physical Lab, Scripps
Institution of Oceanography, 291 Rosecrans St., San Diego, CA 92106, USA, heidi@mpl.ucsd.edu), Catherine Berchok (Marine
Physical Lab, Scripps Institution of Oceanography, 291 Rosecrans St., San Diego, CA 92106, USA, cberchok@ucsd.edu)

Since underwater sound is a critical aspect of the ocean environment for marine animals, passive acoustic recordings provide im-
portant information on marine habitats. Conversely, because biological sounds can be a dominant component of the ocean sound field,
knowledge of their characteristics is important for assessing sonar system performance. This presentation summarizes the properties of
three biological choruses observed in experiments off the southern California coast. Measurements were made with large aperture,
well-filled hydrophone arrays, yielding highly resolved estimates of the chorus directionality. The first chorus generated energy in the
200-800 Hz band, occurred predominantly at night in spring and summer, and displayed an unusual spatiotemporal pattern where the
region of chorusing periodically propagated upcoast over 25 km of coastline at nearly 1.5 km/sec. The other two choruses occurred in
the 1-10 kHz frequency band and come from slowly-moving, or fixed, sources at, or near, the ocean bottom. One chorus was present
only on two consecutive nights during a summer experiment, whereas the second occurred at all times throughout the 10-day duration
of a late winter experiment. Numerical models predict some of the characteristics of the choruses. [Work supported by the Office of
Naval Research].
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8:40

2aA0a3. Understanding potential effects of using active sonar to study marine ecosystems. Mardi C. Hastings (Penn State
University, Applied Research Laboratory, 801 North Quincy Street, Suite 120, Arlington, VA 22203-1708, USA, mch26@psu.edu)

Biological organisms can suffer various kinds of effects when exposed to high intensity sound. Active sonar systems used to in-
vestigate marine ecosystems typically have source levels exceeding 220 dB re: 1 uPa at 1 m, which are high enough to have an effect
on organisms in relatively close proximity. Although these systems operate at frequencies from the low kilohertz to megahertz ranges
that are not usually associated with potentially harmful effects in the marine environment, fundamental interactions with sound occur at
various biological scales that strongly depend on the size of the organism with respect to acoustic wavelengths. These effects range from
subtle changes in behavior to various types of trauma that can result in temporary or permanent hearing loss, or in hemorrhage or even
mortality. Examples from the literature will be used to illustrate the basic relationships between biological effects of sound and the size
and structure of marine organisms, as well as potential concerns associated with using active sonar to study the marine environment.

9:00

2aA0a4. How toothed whales echolocate to find and capture prey in the deep ocean. Peter Tyack (Woods Hole Oceanographic
Institution, Applied Ocean Physics & Engineering Dept., Woods Hole, MA 02543, USA, ptyack@whoi.edu), Mark Johnson (Woods
Hole Oceanographic Institution, Applied Ocean Physics & Engineering Dept, Woods Hole, MA 02543, USA,
majohnson@whoi.edu), Peter T. Madsen (University of Aarhus, Biological Sciences, Zoophysiology, C. F. Mgllers Allé, Building
1131, DK-8000 Aarhus, Denmark, peter.madsen@biology.au.dk), Walter M. Zimmer (NATO Undersea Research Centre, Viale San
Bartolomeo 400, 19126 La Spezia, Italy, walter@nurc.nato.int), Natacha A. Soto (University of La Laguna, BIOECOMAC Depart-
ment of Animal Biology, 38207 La Laguna, Spain, naguilar@ull.es)

Sperm and beaked whales dive to feed on squid and deepwater fish. We have attached sound-and-orientation recording tags to study
how these whales use echolocation to forage at depth. Tagged whales are usually silent when starting a dive, but start producing echolo-
cation clicks at a few hundred meters depth, shallower than the depth at which they feed, suggesting that descending whales scan the
deep layers where they will feed. Once sperm or beaked whales encounter prey, they switch from regular search clicks to a buzz of rapid
clicks. Tags on beaked whales not only record outgoing clicks, but also echoes from prey at ranges out to 10-20 m. Beaked whales
produce clicks every 0.2-0.4 sec when searching. Echoes from several targets are often detected after each beaked whale click. Beaked
whales will pass by many targets before selecting one. Whales may switch from the search clicks to a buzz as they close within a body
length of the prey. Sperm and beaked whales have an angular acceleration at the end of the buzz, which probably indicates turning to
catch the prey.

9:20

2aA0a5. Hypotheses regarding exploitation of bubble acoustics by cetaceans. Timothy G. Leighton (Institute of Sound and
Vibration, Univ. of Southampton, University Road, Highfield, SO17 1BJ Southampton, UK, T.G.Leighton@soton.ac.uk), Paul R.
White (Institute of Sound and Vibration, Univ. of Southampton, University Road, Highfield, SO17 1BJ Southampton, UK,
prw@isvr.soton.ac.uk), Daniel C. Finfer (Institute of Sound and Vibration, Univ. of Southampton, University Road, Highfield, SO17
1BJ Southampton, UK, d.c.finfer@soton.ac.uk)

Bubbles are the most acoustically active naturally occurring entities in the ocean, and cetaceans are the most intelligent. Having
evolved over tens of millions of years to cope with the underwater acoustic environment, cetaceans may have developed extraordinary
techniques from which we could learn. This paper outlines some of the possible interactions, ranging from the exploitation of acoustics
by humpback whales (Megaptera novaeangliae) in bubble nets to trap prey, to techniques by which coastal dolphins (e.g. of the genus
Cephalorhynchus) could successfully echolocate in bubbly water (a hypothesis which has led to the development of a man-made sonar
which can penetrate bubble clouds, and a range of possibilities for homeland security).

9:40

2aA0ab. Marine ecosystem acoustics: contributions of sonar technology. Kenneth G. Foote (Woods Hole Oceanographic Insti-
tution, Woods Hole, MA 02543, USA, kfoote@whoi.edu)

Sonar is considered in the widest sense as an acoustic system consisting of a transmitter and receiver of underwater sound. It may
be monostatic, bistatic, or multi-static; narrowband or broadband; with one or more fixed, rotating, or electronically formed beams.
Transducers may be mounted on hulls of vessels and autonomous underwater vehicles, fixed structures, or seafloor; towed; or
suspended. Spatial scales may be sampled from millimeters to thousands of kilometers; corresponding temporal scales vary from a
fraction of a second, as in target-tracking, to seasons, as in observing animal migration. Several sonar types are described. Contributions
of sonar technology to ecosystem studies, both actual and potential, are noted. These include, for example, fine-scale surveying of
pelagic and semi-demersal fish by scientific echo sounder; mapping of the three-dimensional structure of fish aggregations and bathym-
etry by multibeam sonar; quantification of benthic egg beds of the squid Loligo opalescens by sidescan sonar; and large-scale surveying
of swimbladdered fish by parametric sonar. Each of these sonar systems has potential for detection, quantification, and classification of
marine organisms, as well as for characterization of the habitat, hence yielding the kind of information that is required for ecosystem
assessment and management.
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10:00

2aA0a7. Use of broadband active acoustics to study marine organisms. Timothy K. Stanton (Woods Hole Oceanographic In-
stitution, Applied Ocean Physics & Engineering Department, 98 Water Street, MS #11, Woods Hole, MA 02543, USA,
tstanton@whoi.edu), Dezhang Chu (NOAA/NMFS/NWFSC/FRAMD, Montlake Blvd., E. Seattle, WA 98112, USA, dchu@whoi
.edu)

Broadband signals inherently have more information than narrowband signals. In essence, they have more "channels” of information
due to the wider range of frequencies spanned. It is therefore advantageous to use broadband signals in active acoustic studies of marine
organisms and to apply techniques that best exploit the broadband nature of the signals. In this presentation, a brief background on the
use of narrowband systems for studying marine organisms by these authors and other investigators is given. Limitations to those studies
are outlined, with arguments made for the use of broadband acoustics. The past twenty years of studies centered at the Woods Hole
Oceanographic Institution are subsequently reviewed in which broadband signals are used both in the laboratory and field to study a
variety of organisms-- swimbladder-bearing fish and three major anatomical categories of zooplankton. The analyses are divided broadly
into two major categories-- time and frequency domain-- for various types of analyses, including pulse compression processing and
spectral analysis. Results are first shown based on studies, one organism at a time, in the laboratory. Those laboratory approaches are
then applied to ocean studies of fish and large zooplankton using a new towed instrument spanning the frequency range 1.7 kHz - 100
kHz.

TUESDAY MORNING, 1 JULY 2008 ROOM 342A, 10:40 A.M. TO 6:40 P.M.
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Session 2aA0b

Acoustical Oceanography, Underwater Acoustics, Signal Processing in Acoustics, and ECUA: Geoacoustic
Characterization of the Ocean Bottom and Geoacoustic Inversion |

Peter Gerstoft, Cochair
Marine Physical Laboratory, Scripps Institute of Oceanography, 8602 La Jolla Shores Drive, La Jolla, CA 92093-0238, USA

Dag Tollefsen, Cochair
Norwegian Defence Research Establishment (FFI), Box 115, Horten, 3191, Norway

Invited Papers

10:40

2aA0bl. Characterization of seabed geo-acoustic structure for a shallow water environment. David Knobles (Applied Re-
search Laboratories, UT at Austin, P. O. Box 8029, Austin, TX 78713, USA, knobles@arlut.utexas.edu)

Full-field inversion methods over large frequency bands and spatial scales attempt to exploit the sensitivity of the frequency and
spatial dependence of the acoustic field of the properties to the seabed. A comprehensive set of broadband impulsive and narrowband
tonal acoustic recordings in the 5-3000 Hz band from two L-arrays separated by 20 km were made in a shallow water area on the New
Jersey continental shelf during the Shallow Water 2006 (SWO06) experiment. In addition, surface ship of opportunity passages on both
arrays were recorded along with noise during the passage of tropical storm Ernesto. Reverberation and transmission loss data in the
25-9200 Hz band from explosive sources were also collected at a nearby site prior to the SWO06 experiment. Numerous full-field geo-
acoustic inversion methods and analyses of all these acoustic data with supporting range and azimuth-dependent geo-physical measure-
ments are employed to characterize the seabed properties. For example, the analyses of these data permit inferences about the
frequency-dependence of the seabed sound speed and attenuation to be made. The overlapping data types act to reduce the intrinsic
ambiguities associated with inversion, quantify the spatial variability, and serve as independent validation.

11:00

2aA0b2. Effect of ocean sound speed uncertainty on matched-field geoacoustic inversion. Chen-Fen Huang (Department of
Marine Environmental Informatics/National Taiwan Ocean University, 2 Pei-Ning Road, 202 Keelung, Taiwan, chenfen@mail.ntou.edu
tw)

The effect of ocean sound speed uncertainty on matched field geoacoustic inversion is investigated using data from the SW06 ex-
periment along a nearly range-independent bathymetric track. Significant sound speed differences were observed at the source and
receiving array and several environmental parameterizations were investigated for the inversion including representing the ocean sound
speed at both source and receivers with empirical orthogonal function (EOF) coefficients. A GA-based global optimization method was
applied to the candidate environmental models. Then, a Bayesian inversion technique was used to quantify uncertainty in the environ-
mental parameters for the best environmental model, which included an EOF description of the ocean sound speed.
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Contributed Papers

11:20
2aA0b3. Quantifying the uncertainty of geoacoustic parameter
estimates in a dynamic environment using oceanographic data. Ross
Chapman (University of Victoria, 3800 Finnerty Rd, Vcitoria, BC V8W
3P6, Canada, chapman@uvic.ca), Yong-Min Jiang (University of Victoria,
3800 Finnerty Rd, Vcitoria, BC V8W 3P6, Canada, minj@uvic.ca)

This paper presents results of Bayesian matched field geoacoustic inver-
sion in a temporally and spatially varying shallow water environment. The
acoustic data were collected by a vertical line array at ranges of 1, 3 and 5
km in the SWO06 (Shallow Water 06) experiment carried out in August 2006.
The sound speed profiles measured at the array and at the source positions
during the experiment showed significant variation in the thermocline in the
middle part of the water column. The resulting uncertainty in the sound
speed profile in the water impacts the performance of matched field inver-
sion methods in estimation of geoacoustic model parameters. In previous
work, an effective sound speed profile was estimated in the inversion, based
on empirical orthogonal functions (EOFs) derived from a limited number of
sound speed profiles measured at the time of the experiment. This paper ex-
plores the effect of using a larger number of profiles measured over several
days in the SW06 experiment to include a greater diversity of ocean condi-
tions in generating the EOFs. The inversion results for the two approaches
are compared in terms of marginal probability distributions of the estimated
geoacoustic parameters. (Work supported by Office of Naval Research).

11:40

2aA0b4. Short range geoacoustic inversion with a vertical line array.
Yong-Min Jiang (University of Victoria, 3800 Finnerty Rd, Vcitoria, BC
V8W 3P6, Canada, minj@uvic.ca), Ross Chapman (University of Victoria,
3800  Finnerty Rd, Vcitoria, BC V8W 3P6, Canada,
chapman@uuvic.ca), Peter Gerstoft (Marine Physical Laboratory, Scripps
Institute of Oceanography, 8602 La Jolla Shores Drive, La Jolla, CA 92093-
0238, USA, gerstoft@ucsd.edu)

During the SWO06 (Shallow Water 06) experiments, short range geoa-
coustic inversion experiments were carried out at a source-receiver range of
230 m to determine the sea bed properties at fine spatial scales. Acoustic
signals were collected at 16 hydrophones on a vertical line array from
source depths of 15-65 m in 10 m intervals. For this experimental geometry,
the angular coverage for reflectivity versus grazing angle is 7-25°. This pa-
per combines the information extracted from low-frequency (100-900 Hz)
and mid-frequency (1500-4500 Hz) LFM signals transmitted from the same
source position to estimate multi-layered geoacoustic models. The model pa-
rameterization was based on the number of resolved sub-bottom reflections
in the data. An inversion approach using adaptive simplex differential evo-
lution was applied to the data to invert for the sub-bottom sound speeds and
layer thicknesses. The temporal variation of the water column sound speed
profile was included in the inversion. The estimated sound speeds are con-
sistent with the range-averaged profile that was estimated previously from
longer range data for the same radial path from the array. (Work supported
by Office of Naval Research).

12:00
2aA0Db5. Does a depth variable sound-speed profile matter for SWO06
geoacoustic inversion? Alexandra Tolstoy (ATolstoy Sciences, 1538
Hampton Hill Circle, McLean, VA 22101, USA, atolstoy@ieee.org)

This work will discuss the effects of depth variability for a sound-speed
profile with regard to goeacoustic inversion on some simulated SWO06 "data”.
First, broadband (400-800 Hz) simulated "data” are generated using

RAM_PE (by Collins) in the time domain for some short range (less than 1
km) SWO06 scenarios. Next, the first 4 boundary reflection arrivals (from sur-
face, bottom, surface-bottom, bottom-surface) are studied as a function of
source range and depth, phone depth, and sound-speed variability. Finally,
we examine the effects of sound-speed depth variability on geoacoustic in-
version via MFP. We note that knowledge of array phone locations has a
large impact on inversion capabilities.

12:20
2aA0b6. Three dimensional geoacoustic inversion on the New Jersey
shelf. Megan S. Ballard (Penn. State University, P.O. Box 30, State Col-
lege, PA 16804, USA, msd200@psu.edu), K.m. Becker (Penn. State Uni-
versity, P.O. Box 30, State College, PA 16804, USA, kmbecker@psu.edu)

Perturbative inversion, based on a linearized relationship between sound
speed in the sediment and modal eigenvalues, is applied to data from the
Shallow Water Experiment 2006. Data were collected by towing a low-
frequency sound source out and back along radials, spanning a 90 degree
angular sector, from a common receiver location. Range-dependent esti-
mates of horizontal wave numbers are obtained along each of the radials
using high-resolution signal processing techniques capable of detecting and
localizing changes in sub-bottom properties, and that are particularly sensi-
tive to changes in layer structure. Wave number estimates at each range are
used in a linearized inversion algorithm to estimate local sediment
properties. Locations of the R-reflector and other layering information are
used as a priori information in the inversion algorithm. The additional in-
formation both constrains the solution of an otherwise ill-posed problem and
emphasizes the layered structure of the sediment. These methods have been
shown to yield accurate estimates of the sound speed profile deep into the
sediment using very few perturbations to the forward model. Combining the
local inversion results, a three-dimensional map of sediment sound speed
structure is obtained for a 25 km2 region of the seafloor. [Supported by ND-
SEG and ONR]

12:40
2aA0ODb7. Experimental verification of range-dependent inverse method
for geoacoustic parameters from modal dispersion data. Subramaniam
Rajan (Scientific Solutions, Inc, 99 Perimeter Road, Nashua, NH 03063,
USA, srajan@scisol.com), K.m. Becker (Penn. State University, P.O. Box
30, State College, PA 16804, USA, kmbecker@psu.edu)

The procedure for determining the sediment compressional wave speed
profile from modal dispersion data in a range-independent case is well docu-
mented in the literature. In this paper, the procedure developed for the
range-independent case is extended to cover the range-dependent case. In
this procedure the region under investigation is divided into discrete range
intervals and the sediment characteristics at each range interval estimated
assuming that the sediment properties of each range interval are range
independent. The approach has been demonstrated to yield range-dependent
sediment properties when applied to synthetic data generated for an experi-
ment consisting of multiple source/receiver combinations. During the Shal-
low Water Experiment 2006, broadband data transmitted by a single source
were measured on multiple receivers. These data are used here to estimate
range-dependent properties of the sediment. The results obtained in this
manner are compared with inversion results obtained for the same region by
other investigators who employed different approaches for estimating the
geoacoustic properties. [Work supported by ONR, Ocean Acoustics].

1:00-2:00 Lunch Break
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Invited Paper

2:00

2aA0b8. Modal inversion using the acoustic field emitted by a moving source and measured on a vertical line array of
hydrophones. K.m. Becker (Penn. State University, P.O. Box 30, State College, PA 16804, USA, kmbecker@psu.edu), Megan S.
Ballard (Penn. State University, P.O. Box 30, State College, PA 16804, USA, msd200@psu.edu)

As part of the Shallow Water Experiment 2006 (SWO06), a low-frequency continuous wave acoustic source was towed out and back
along radials from a fixed vertical line array of hydrophones. The resulting modal pressure field, measured on synthetic range apertures
created by the relative source motion, is used to derive input data to inversion algorithms for estimating bottom properties. The inversion
algorithms considered are based on well established relationship between modal eigenvalues and geoacoustic properties of the sediment.
In this talk, linear inversion methods based on modal input data will be reviewed for their application to the SW06 data. The first step
in these methods is the accurate estimation of modal eigenvalues from the pressure field data. For a moving source, theory predicts a
Doppler shift along with frequency spreading proportional to both the transmitted frequency and tow speed. Propagating modes and
their corresponding modal eigenvalues are predicted to correspond with the Doppler shifted frequencies. An emphasis of this work is on
Doppler shift as an observable in the data and properly accounting for it in inversion. Sediment sound speeds estimated from data are
consistent with sandy sediments found in the experimental area. [Work supported by ONR and NDSEG]

Contributed Paper

2:20 In the summer of 2006, Combustive Sound Sources (CSS) were de-
2aA0b9. Geoacoustic inversion using combustive sound source signals. ployed in shallow waters off New Jersey during the Shallow Water experi-

Gopu R. Potty (University of Rhode Island, Department of Ocean Engineer- ~ Ment (SW 06). The depth of these sources were 26 m in water depths of the
ing, Narragansett Bay Campus, Narragansett, RI 02882, USA, order of 100 m. CSS are low frequency broadband sound sources and suit-
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. ] o able for modal dispersion based inversion. CSS data collected on various
gopu@uri.edu), James H. Miller (University of Rhode Island, Department
of Ocean Engineering, Narragansett Bay Campus, Narragansett, Rl 02882,
USA, miller@egr.uri.edu), Preston S. Wilson (The University of Texas,
Mechanical Engineering Department, Austin, TX 78712, USA,
pswilson@mail.utexas.edu), James F. Lynch (Woods Hole Oceanographic
Institution, 98 Water Street, Bigelow 203A, MS-11, Woods Hole, MA
02543, USA, jlynch@whoi.edu), Arthur Newhall (Woods Hole Oceano-
graphic Institution, 98 Water Street, Bigelow 203A, MS-11, Woods Hole,
MA 02543, USA, anewhall@whoi.edu)

receivers (Single Hydrophone Receiving Units (SHRU), Vertical Line Array,
etc.) will be used for the inversions. The inversions are based on an iterative
scheme using a new time-frequency analysis technique (dispersion based
short-time Fourier transform) in which each time-frequency tiling is adap-
tively rotated in the time-frequency plane, depending on the local wave
dispersion. Data from various receivers will be used to investigate the spa-
tial variation in compressional wave speed. Compressional wave attenuation
will also be estimated using modal amplitude ratios. Inversion results will be
validated by comparing the data with model predictions. [Work supported
by the Office of Naval Research]

Invited Paper

2:40

2aA0b10. Tomographic and bottom geoacoustic inversions using Genetic Algorithms and a statistical characterization of the
acoustic signal. Michael Taroudakis (University of Crete & FORTH/IACM, Vassilika Vouton, P.O.Box 1385, 711 10 Heraklion,
Greece, taroud@iacm.forth.gr), Costas Smaragdakis (University of Crete, Dept of Mathematics, Knossou Ave, 71409 Heraklion,
Greece, kesmarag@gmail.com)

The paper deals with the problem of estimation of the parameters of the water column and/or the sea bed, using measurements of
the acoustic field due to a known source at a certain point in the water column. Following the work by Taroudakis et al. (JASA 119,
1396-1405 (2006)) the acoustic signal is characterized using the statistics of the wavelet sub-band coefficients, which obey a certain
statistical law, described by an Alpha-Stable distribution. Thus, the signal observables are the set of the parameters of the appropriate
distributions at the various levels of the signal decomposition. In this work an inversion procedure based on a Genetic Algorithm and
the statistical characterization of the acoustic signal, is described. The quality of a certain population of candidate model parameters
(properties of the water columns and/or the sea-bed) is evaluated using the Kullback-Leibler divergence (KLD) of the wavelet sub-band
coefficient distributions, between the measured and simulated acoustic signals. Following an appropriate population regeneration pro-
cedure, the final population is described by an a-posteriori statistical distribution of the model parameters, indicating among the others
their sensitivity in the inversion procedure. Very good inversion results have been observed in simulated shallow water environments.

Contributed Paper

3:00
2aA0Obl1l. Dispersion curve estimation with partcile filters for
geoacoustic inversion. lvan Zorych (Department of Mathematical Sci-
ences, New Jersey Institute of Technology, 323 M L King Blvd, Newark, NJ
07102, USA, zorych@gmail.com), Zoi-Heleni Michalopoulou (Depart-
ment of Mathematical Sciences, New Jersey Institute of Technology, 323 M
L King Blvd, Newark, NJ 07102, USA, michalop@njit.edu)

In this work we extend our particle filtering method for dispersion curve
extraction from spectrograms of acoustic signals that have propagated in un-
derwater environments, the goal being to obtain accurate representation of
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modal dispersion for geoacoustic inversion. The approach combines particle
filtering with modeling of sound propagation in ocean environments to track
dispersion curves of multimodal signals in noisy environments. In addition
to providing connected modal "trajectories” that facilitate the computation of
maximum a posteriori estimates of modal arrival times, the method provides
posterior probability distributions for arrival times, quantifying errors that
are then propagated into the geoacoustic inversion process. The method,
thus, allows the calculation of posterior probability distributions of geoa-
coustic parameters. We present results from both synthetic and real data
from the Gulf of Mexico experiment. [Work supported by ONR.]
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Invited Paper

3:20

2aA0b12. Geoacoustic characterization of the seafloor from a subbottom profiler applied to the BASE’07 experiment. Gwladys
Theuillon (SHOM, 13 rue du Chatellier, CS 92803, 29228 Brest cedex 2, France, gwladys.theuillon@shom.fr), Yann Stephan
(SHOM, 13 rue du Chatellier, CS 92803, 29228 Brest cedex 2, France, yann.stephan@shom.fr)

The most recent subbottom profilers present good performances in term of signal to noise ratio, resolution and penetration. These
devices can thus be used to infer quantitatively the geoacoustic parameters of the seafloor. We have previously developed inversion
methods which aim to estimate absorption, reflection, penetration, impedance contrast and micro-roughness in sediments from the SBP
120 subbottom profiler, manufactured by Kongsberg. These methods have been tested against real data and geoacoustic parameters
derived from the SBP 120 are fully coherent with in situ measurements, which tends to confirm the possibility of seafloor character-
ization with subbottom profilers. In this work, the inversion methods are applied to a set of data acquired on the Malta Plateau during
BASE’07 experiment. Geoacoustic parameters results are presented and discussed. They are in good agreement with the a priori knowl-
edge of sediment properties in the area.

3:40-5:20 Posters

Lecture sessions will recess for presentation of poster papers on various topics in acoustics. See poster sessions for topics and abstracts.

Invited Paper

5:20

2aA0b13. Bayesian model parameterization selection for seabed reflection-coefficient inversion. Jan Dettmer (University of
Victoria, School of Earth and Ocean Sciences, Victoria, BC V8W 3P6, Canada, jand@uvic.ca), Stan E. Dosso (University of Victoria,
School of Earth and Ocean Sciences, Victoria, BC V8W 3P6, Canada, sdosso@uvic.ca), Charles W. Holland (Penn State University
/ Applied Research Lab, Applied Science Bldg., State College, PA 16804, USA, cwh10@psu.edu)

This paper considers Bayesian inversion of seabed reflection-coefficient data for multi-layer geoacoustic models; in particular, the
important issue of determining appropriate model parameterizations (e.g., number of layers, sound speed and density variations within
layers). A poor model parameterization can lead to unreasonable inversion results. In particular, under-parameterization can introduce
theory error in the inversion, causing biased results. However, more complex models always fit the data better. Therefore, parameter-
ization quality cannot be quantified only in terms of data misfit, and Occam’s razor is commonly applied to prefer simple
parameterizations. In a Bayesian framework, Occam’s razor is inherently included through Bayesian evidence. Bayesian inversion can
be associated with two levels of inference. The first level assumes a specific model parameterization, and quantifies the data information
content. This paper focuses on the second level: using Bayesian evidence to compare different model parameterizations. To this end,
Gibbs sampling is applied, including full error covariance estimation, to sample the posterior probability density (PPD) for various
parameterizations. Bayesian evidence is then computed from the PPD samples by numerical integration (reverse importance sampling).

Contributed Papers

5:40
2aA0Obl4. Combined inversion of mid-frequency propagation and
reverberation sonar data. Peter Louring Nielsen (NURC, Viale S. Bar-
tolomeo 400, 19126 La Spezia, Italy, nielsen@nurc.nato.int), Christopher H.
Harrison (NATO Undersea Research Centre, Viale San Bartolomeo 400,
19138 La Spezia, Italy, harrison@nurc.nato.int)

Sonar performance predictions in shallow-water regions are strongly de-
pendent on a good knowledge of the geoacoustic and scattering properties of
the seabed. The bottom properties are probably the most difficult parameters
to determine, but inversion of measured acoustic data to infer the geoacous-
tic and scattering properties is a feasible technique. One of these techniques
relies on inverting: (1) propagation data to estimate local bottom properties
and (2) long-range reverberation data providing effective bottom properties
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over larger areas. A matched-field inversion approach is applied to propaga-
tion and reverberation data received on a towed horizontal array during the
BASE’04 experiment conducted on the Malta Plateau, Mediterranean Sea. A
total of 30 transmissions along a 10-km track were used to capture eventual
range-dependent bottom properties. The inversion algorithm is composed of
efficient prediction tools which can provide environmental parameter esti-
mates within tactical time frames for in-situ sonar performance predictions.
The experimental set-up mimics a mid-frequency active sonar system using
only the suite of sensors available on the vessel towing the sonar system;
also known as the through-the-sensor technique. The impact on sonar per-
formance utilizing the environmental characterization approach is shown for
various experimental scenarios and seasons. [Research sponsored by NURC
and the BOUNDARY Partners].
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6:00

2aA0b15. Reverberation inversion for seabed properties. Stan E.
Dosso (University of Victoria, School of Earth and Ocean Sciences, Victo-
ria, BC V8W 3P6, Canada, sdosso@uvic.ca), Peter Louring
Nielsen (NURC, Viale S. Bartolomeo 400, 19126 La Spezia, ltaly,
nielsen@nurc.nato.int), Christopher H. Harrison (NATO Undersea Re-
search Centre, Viale San Bartolomeo 400, 19138 La Spezia, Italy, harrison
@nurc.nato.int)

This paper applies nonlinear inversion to reverberation and/or propaga-
tion data recorded on a towed horizontal array for geoacoustic and scattering
properties of the seabed. A Bayesian inversion approach is applied to esti-
mate properties of the posterior probability density, such as the maximum a
posteriori (most-probable) model, 1-D and 2-D marginal probability distri-
butions, and covariance/correlation matrices, providing optimal parameter
estimates and quantifying parameter uncertainties and inter-relationships. Of
particular interest is quantifying the information content of different combi-
nations of data (e.g., reverberation or propagation data; joint inversion of
reverberation and propagation data) to resolve seabed parameters, and un-
derstanding strong parameter inter-relationships (correlations) which, in
some cases, act as the limiting factor in resolving geoacoustic/scattering
parameters. The inversion is also applied to shallow-water reverberation and
propagation data recorded in Mediterranean Sea.

TUESDAY MORNING, 1 JULY 2008

6:20
2aA0b16. Local bottom characterization using an autonomous
underwater vehicle. Peter Louring Nielsen (NURC, Viale S. Bartolomeo
400, 19126 La Spezia, ltaly, nielsen@nurc.nato.int), Charles W.
Holland (Penn State University/Applied Research Lab, Applied Science
Bldg., State College, PA 16804, USA, cwh10@psu.edu)

In the past decade the usage of autonomous underwater vehicles (AUV)
to sample properties of the underwater environment has increased. The ad-
vantages of using platforms are their autonomy and that operations can be
performed covertly. In 2007, the CLUTTER’07 experiment was conducted
on the Malta Plateau with the main aim of characterizing the underwater
environment. An AUV was deployed at a particular site on the Plateau to
demonstrate the feasibility to infer bottom properties using such an autono-
mous platform. The AUV was equipped with 2 sound sources covering a
frequency band 800-3500 Hz, and the transmitted signals were acquired on
a bottom moored vertical array. The mission of the AUV was to perform a
linear track of 71000 m passing the vertical array as close as possible while
transmitting every second from the sound sources. This experimental con-
figuration is similar to the move-out or wide-angle reflection measurements.
The received signals are inverted for geoacoustic properties using both
matched-field techniques and processed for direct bottom reflection
properties. The results obtained are compared to independent findings from
different experiments using various types of equipment at different seasons
in the same area. [Research sponsored by NURC, ONR OA321 and the
CLUTTER Partners]

ROOM 352B, 8:00 A.M. TO 2:40 P.M.

Session 2aBB

Biomedical Ultrasound/Bioresponse to Vibration and Physical Acoustics: Ultrasound Contrast Agents for
Imaging |

Charles C. Church, Cochair
University of Mississippi, NCPA, 1 Coliseum Drive, University, MS 38677, USA

Ayache Bouakaz, Cochair
INSERM U930, 2, Bvd Tonnelle, Tours Cedex 9, 37044, France

Invited Paper

2aBB1. Ultrasound and microbubble interaction. Nico De Jong (Erasmus MC, Dr Molewaterplein 50 room Ee2302, 3015GE

Rotterdam, Netherlands, n.dejong@erasmusmc.nl)
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Ultrasound contrast agent (UCA) bubble response to ultrasound (US) is still the subject of several studies, since it determines the
power of medical diagnostic imaging modalities. Generally, bubbles are studied using optical or acoustical methods, both having their
specific advantages, in an environment that mimic the clinical practice as good as possible (small-diameter capillaries, red blood cells,
blood viscosity). Acoustical observations could provide a better insight in the acoustical scattering of bubbles, which determines the
final efficacy of contrast-enhanced diagnostic US imaging, and are better suitable to determine the properties of populations of bubbles.
Optical observations allow for easier characterization of fewer bubbles and a more detailed characterisation in case where bubbles
vibrate non spherically, which is expected for bubbles nearby a wall or red blood cells. In this presentation, we show optical recordings
of the various bubble responses with the ultrahigh speed Brandaris-128 camera, and discuss the clinical implications of our findings.
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Contributed Papers

8:20

2aBB2. Nonlinear pulsing schemes for the detection of ultrasound
contrast agents. Michalakis A. Averkiou (University of Cyprus/Dept. of
Mech. Engineering, 75 Kallipoleos Str., 1678 Nicosia, Cyprus,
maverk@ucy.ac.cy), Christophoros Mannaris (University of Cyprus/Dept.
of Mech. Engineering, 75 Kallipoleos Str., 1678 Nicosia, Cyprus,
mannaris@ucy.ac.cy), Matthew Bruce (SuperSonic Imagine, Les Jardins
de la Duranne - Bat. E, 510, rue René Descartes, F - 13857 Aix-en-
Provence, France, matt.f.oruce@gmail.com), Jeffry Powers (Philips Medi-
cal Systems, 22100 Bothell Everett Hwy, Bothell, WA 98021, USA, jeff
.powers@philips.com)

Ultrasound contrast agents are used in cardiology for the assessment of
myocardial perfusion and in radiology for the detection and characterization
of tumors. One widely used approach of imaging contrast agents is to use a
low Mechanical Index (MI) nonlinear imaging technique to avoid bubble de-
struction and image both the macro- and micro-circulation in real-time. Vari-
ous pulsing schemes are employed for the detection of nonlinear echoes
from contrast microbubbles. The objective of this paper is to evaluate the
various pulsing schemes for low MI imaging of contrast microbubbles and
better understand their similarities and differences. The pulsing schemes
considered are pulse inversion, power modulation, and their combination.
Emphasis is placed on identifying whether nonlinearity due to propagation
in tissue may be discriminated from nonlinearity due to scattering from
bubbles. Bubble destruction (use of high MI) and tissue motion were not
considered in this work. The evaluation of the different pulsing schemes was
performed with numerical simulations from well established theoretical
models and experimental data from microbubbles in tissue phantoms and
human tissues.

8:40

2aBB3. Contrast agent response to chirp reversal. Anthony
Novell (INSERM U930, CHRU Bretonneau, 37044 Tours Cedex 9, France,
anthony.novell@etu.univ-tours.fr), Sander VVan Der Meer (Physics of Flu-
ids, University of Twente, P.O. Box 217, 7500 AE Enschede, Netherlands,
s.m.vandermeer@utwente.nl), Michel Versluis (Physics of Fluids, Univer-
sity of Twente, P.O. Box 217, 7500 AE Enschede, Netherlands,
m.versluis@utwente.nl), Nico De Jong (Erasmus MC, Dr Molewaterplein
50 room Ee2302, 3015GE Rotterdam, Netherlands,
n.dejong@erasmusmec.nl), Ayache Bouakaz (INSERM U930, 2, Bvd Ton-
nelle, 37044 Tours Cedex 9, France, bouakaz@med.univ-tours.fr)

We investigate an excitation approach for contrast agents based on
chirps. This technique, named chirp reversal, consists in transmitting an up
sweep frequency chirp (UPF) followed by a down sweep frequency chirp
(DNF). Simulations using a modified Rayleigh-Plesset equation were carried
out. Chirps with center frequencies from 1.4 MHz to 2 MHz, pressures from
50 kPa to 200 kPa and frequency bandwidths from 30% to 65% were
considered. High speed optical observations and acoustical measurements
were performed using individual contrast bubbles of radii from 1 ym to 5
pum and a diluted solution of contrast agent respectively. Simulations showed
differences between bubbles’ oscillations following UPF and DNF chirps in
terms of amplitude and duration. Maximal differences occurred for bubbles
that were around 80% and 140% of the resonance size. Bubbles at resonance
or far away from resonance provided identical responses to UPF and DNF
chirps. Larger bandwidths and higher acoustic pressures accentuate further
the difference between the UPF and DNF responses. These findings were
confirmed through optical data and acoustical measurements. The results re-
veal the potential of chirp reversal for contrast agent detection.

9:00
2aBB4. Dual-frequency insonation of single microbubbles. Marcia
Emmer (Erasmus MC, Ee2302, P.O. Box 2040, 3000 CA Rotterdam, Neth-
erlands, m.emmer@erasmusmc.nl), Hendrik J. Vos (Biomedical Engineer-
ing, Erasmus MC, P.O. Box 2040, 3000 CA Rotterdam, Netherlands,
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H.J.Vos@ErasmusMC.nl),Nico De Jong(Erasmus MC, Dr Molewaterplein
50 room Ee2302, 3015GE Rotterdam, Netherlands, n.dejong@erasmusmc
.nl)

Radial modulation imaging is a new medical imaging technique based
on dual-frequency insonation of ultrasound contrast agents. The difference
in echo between a high frequency ’imaging’ pulse transmitted at either the
compression or rarefaction phase of a low frequency modulating’ pulse is
detected by regular correlation techniques. Little is however known about
the contrast agent microbubble dynamics in a dual-frequency ultrasound
field, which were investigated in this study. Using a high-speed camera sys-
tem, the radial excursions of single phospholipid-coated microbubbles were
recorded. The microbubbles were simultaneously insonified with 2.5 cycles
pulse at 0.5 MHz and 30 kPa and a 32 cycles pulse at 3.75 MHz and 80 kPa.
The microbubbles studied had diameters ranging from 1.1 - 5.2 um. Mi-
crobubbles smaller than 1.4 um frequently showed shrinkage. Microbubbles
larger than 2.6 um showed low (< 8 dB) or no amplitude modulation of the
high frequency radial excursion. Microbubbles with diameters between 1.4
and 2.6 um showed high amplitude modulation (up to 25 dB) and strong
compression-only oscillation, which both may be explained by nonlinear
shell properties. The observed behaviour is beneficial for the detection of
contrast agents.

9:20
2aBB5. Sub-harmonic response from polymer-shelled contrast agents
with a 40-MHz excitation. Jeffrey A. Ketterling (Frederic L. Lizzi Center
for Biomedical Engineering, Riverside Research Institute, 156 William St.,
New York, NY 10038, USA, ketterling@rrinyc.org), Jonathan
Mamou (Riverside Research Institute, 156 William St., 9th Floor, New
York, NY 10038, USA, mamou@rrinyc.org)

There is a growing interest in using acoustic contrast agents with high-
frequency ultrasound (> 15 MHz) in order to better visualize
microcirculation. Experiments were performed with polycaprolactone-
shelled agents (POINT Biomedical, San Carlos, CA) having mean diameters
of 0.56, 1.1, and 3.4 um. The agents were heavily diluted in filtered water
and injected through a 200 um channel into the focal zone of a 40-MHz
transducer that had a focal length of 12 mm and an outer diameter of 6 mm.
Backscatter signals from single agents were digitized using tone bursts of 5
to 20 cycles at peak-negative pressures of 0.6 to 6.3 MPa. 1000 valid single-
bubble backscatter events at each exposure condition were digitized and
then analyzed for 20-MHz subharmonic content. The data showed that the
subharmonic response was initiated between 5 and 10 cycles and the likeli-
hood of a subharmonic event increased as the number of cycles increased. A
subharmonic backscatter response was most likely at 3.9 MPa for the 3.4 um
agent and 1.7 MPa for the 0.56 and 1.1 um agents. The increased pressure
for subharmonic activity for larger agent was consistent with its larger size.

9:40

2aBB6. Combined optical and acoustical characterization of single
ultrasound contrast agent microbubbles. Jeroen Sijl (Physics of Fluids,
University of Twente, P.O. Box 217, 7500 AE Enschede, Netherlands,
j.sijl@utwente.nl), Timo Rozendal (Physics of Fluids, University of
Twente, P.O. Box 217, 7500 AE Enschede, Netherlands,
t.rozendal@student.utwente.nl), Hendrik J. Vos (Biomedical Engineering,
Erasmus MC, P.O. Box 2040, 3000 CA Rotterdam, Netherlands,
H.J.Vos@ErasmusMC.nl), Benjamin Dollet (Physics of Fluids, University
of Twente, P.O. Box 217, 7500 AE Enschede, Netherlands,
benjamin.dollet@univ-rennesl.fr), Nico De Jong (Erasmus MC, Dr Mole-
waterplein 50 room Ee2302, 3015GE Rotterdam, Netherlands,
n.dejong@erasmusmc.nl), Detlef Lohse (Physics of Fluids, University of
Twente, P.O. Box 217, 7500 AE Enschede, Netherlands,
d.lohse@utwente.nl), Michel Versluis (Physics of Fluids, University of
Twente, P.O. Box 217, 7500 AE Enschede, Netherlands, m.versluis
@utwente.nl)

Contrast enhancement in medical ultrasound imaging is provided by the
non-linear characteristics of coated microbubbles used as Ultrasound Con-
trast Agents (UCA). Optical time-resolved observations of the UCA mi-
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crobubble dynamics have revealed new non-linear bubble behavior such as
"compression only” and "thresholding” behavior. Up to now, the contribu-
tions of such behavior to the non-linear acoustic response of UCA mi-
crobubbles is not known. Theoretically, the sound emission of an oscillating
microbubble is derived from the unsteady Bernoulli equation and mass con-
servation assuming incompressible and irrotational flow. An experimental

in a capillary fiber by an active flow control. During insonation the radial
response of the single microbubble was recorded with the Brandaris ultra
high-speed camera while the resulting acoustic response was measured with
an accurately calibrated sensitive transducer. The sound emission calculated
from the measured radius-time curves gives excellent quantitative agree-

ment with the directly measured sound emission for both the linearly oscil-
lating microbubbles and bubbles displaying “compression-only” and "thresh-
olding” behavior, which indeed resulted in a strong non-linear sound
emission.

validation of this relation between the radial dynamics and the sound emis-
sion of a microbubble is not straightforward. We present a combined optical
and acoustical setup to characterize individual BR-14 (Bracco Research
S.A., Geneva, Switzerland) UCA microbubbles. The bubbles were isolated

Invited Paper

10:00

2aBB7. Secondary Bjerknes forces between ultrasound contrast agent microbubbles. Michel Versluis (Physics of Fluids, Uni-
versity of Twente, P.O. Box 217, 7500 AE Enschede, Netherlands, m.versluis@utwente.nl), Valeria Garbin (Physics of Fluids, Uni-
versity of Twente, P.O. Box 217, 7500 AE Enschede, Netherlands, v.garbin@tnw.utwente.nl), Benjamin Dollet (Physics of Fluids,
University of Twente, P.O. Box 217, 7500 AE Enschede, Netherlands, benjamin.dollet@univ-rennesl.fr), Leen Van Wijngaarden
(Physics of Fluids, University of Twente, P.O. Box 217, 7500 AE Enschede, Netherlands, |.vanwijngaarden@tnw.utwente.nl), Nico De
Jong (Erasmus MC, Dr Molewaterplein 50 room Ee2302, 3015GE Rotterdam, Netherlands, n.dejong@erasmusmc.nl), Detlef Lohse
(Physics of Fluids, University of Twente, P.O. Box 217, 7500 AE Enschede, Netherlands, d.lohse@utwente.nl)
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Acoustic radiation forces arise on UCA microbubbles from pressure gradients in the ultrasound pressure field. The ultrasound wave
emitted by an oscillating UCA microbubble and experienced by a neighboring bubble results in the so-called secondary Bjerknes force.
Typically, only the (time) averaged value of the secondary Bjerknes force is estimated from experiments. Here, the ability to resolve in
time the radial dynamics of UCAs and the evolution of their relative distances, allows us to obtain a quantification of the instantaneous
secondary Bjerknes force. Two bubbles were selected and confined within two separate optical traps and positioned away from the
sample chamber wall prior to insonation. The radius-time curves and distance-time curves were then extracted from high-speed optical
recordings. The camera fully resolved the alternating attractive-repulsive features of the secondary Bjerknes force in time. The effect of
the time averaged secondary Bjerknes force results in a net attraction of the two bubbles, with a typical observed displacement of 1-2
um, with an instantaneous peak value of the secondary Bjerknes force of up to 10 N. We predict the mutual interaction of the two
coated bubbles in their translation with an accuracy better than 10%.

10:20-10:40 Break

Contributed Paper

10:40
2aBB8. Mathematical models for contrast bubble dynamics. Charles
C. Church (University of Mississippi, NCPA, 1 Coliseum Drive, University,
MS 38677, USA, cchurch@olemiss.edu), John S. Allen (University of
Hawaii-Manoa, Department of Mechanical Engineering, Holmes Hall Room
302, Honolulu, HI 96822, USA, alleniii@hawaii.edu)

Theoretical investigation of the acoustic responses of albumin-
encapsulated microspheres began over fifteen years ago when Albunex, the
first agent approved for clinical use in the US, was still in development.
Since that time, the number of potential ultrasound contrast agents has
grown considerably. Depending on the agent, the shell may comprise a layer
of proteins, synthetic polymers, surfactants, or lipids with a thickness from a

few nm to 500 mm and surrounding air, sulfur hexafluoride, perfluorocar-
bon, or other gas. A thorough understanding of the interaction between ul-
trasound pulses and contrast microbubbles is essential for the successful
clinical application of a particular agent. In this talk, the behavior of various
contrast agents will be discussed, and appropriate models for each will be
described. The basis for each of these theories is a free bubble model
"supplemented” by the effect of the encapsulating shell. The differences
among these models lie primarily in their treatment of the encapsulating
layer and, to some extent, the surrounding medium. Comparisons among
models will include predictions of radial responses, thresholds for bubble
destruction, and clinically significant acoustic properties (resonance fre-
quency, scattering strength, nonlinearity, etc.). [Supported by NIH 2 RO1
EB000350-04A2 (CCC) and by NIH 2 G12RR003061-21 (JSA).]

Invited Papers

11:00

2aBB9. Ultrasound contrast agents: from concept to clinical use. Frangois Tranquart (INSERM U930, 2, Bvd Tonnelle, 37044
Tours Cedex 9, France, tranquart@med.univ-tours.fr), Ayache Bouakaz (INSERM U930, 2, Bvd Tonnelle, 37044 Tours Cedex 9,
France, bouakaz@med.univ-tours.fr), Aurore Bleuzen (INSERM U930, 2, Bvd Tonnelle, 37044 Tours Cedex 9, France,
bleuzen@chu-tours.fr), Peggy  Palanchon (INSERM U930, 2, Bvd Tonnelle, 37044 Tours Cedex 9, France,
palanchon@med.univ-tours.fr), Jean-Michel Correas (Hopital Necker, 75015 Paris, France, jean-michel.correas@nck.ap-hop-paris.fr)

Contrast ultrasound imaging techniques are of interest for almost every clinical application in all organs including not only liver and
kidney but also superficial organs and brain or lungs. This technique is mainly powerful in terms of lesion detection and characterization
especially for liver with diagnostic value greater than 90%. This was the case for all categories of lesions (with values nearly 100% for
liver metastases, FNH) but the accuracy was slightly lower for HCC. Specific recommendations were established by EFSUMB for the
use of contrast agents in liver, pancreas, kidney, trauma and brain imaging for a proper and safe use to improve diagnosis accuracy. On
the other hand, contrast-enhanced ultrasound may be used in evaluating response to therapy. The follow-up of vascularization under
specific targeted treatments offers the capacity to early diagnose positive or negative local response for an adaptation of therapeutic way
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before or in absence of tumour size changes. This non invasive method could be repeated without adverse events early after starting this
therapy in order to depict local response or recurrence for a better adaptation of dose with a strong impact on cost and limitation of
adverse events.

11:20

2aBB10. Dynamics of microbubbles targeted to surfaces: numerical and experimental modelling. Richard Manasseh (CSIRO,
Fluid Dynamics Group, PO Box 56, Highett, VIC 3190 Melbourne, Australia, Richard.Manasseh@csiro.au), Edward Payne
(University of Melbourne, Department of Mechanical & Manufacturing Engineering, Parkville, VIC 3010 Melbourne, Australia,
Edward.Payne@csiro.au), Andrew Ooi (University of Melbourne, Department of Mechanical & Manufacturing Engineering,
Parkville, VIC 3010 Melbourne, Australia, a.ooi@unimelb.edu.au)

Numerical calculations and illustrative experiments are presented on the volumetric oscillations of microbubbles on and near
surfaces. There is a considerable theoretical and experimental literature on the acoustic interactions of bubbles. In the present study, the
surface was represented by a mirror-image bubble and the nonlinear frequency response calculated by integrating acoustically coupled
sets of Rayleigh-Plesset-like equations. A significant shift was found in the peak nonlinear response frequency of a bubble targeted onto
a surface. This effect is increased when other bubbles are nearby on the surface. Owing to the asymmetric influence of the surface,
experimental images were dominated by shape-mode instabilities, making optical determination of the peak nonlinear response fre-
quency difficult. Moreover, it was found that even if bubbles are separated by only a small fraction of the sound wavelength, time delays
owing to the finite speed of sound have a surprisingly significant influence. Calculations on the symmetric mode of mutual oscillation
showed that the introduction of time delays significantly modified harmonics of the spectrum.

11:40

2aBB11. Echogenic liposomes for image-guided drug delivery. Christy K. Holland (University of Cincinnati, Biomedical Engi-
neering, MSB, 231 Albert Sabin Way, Cincinnati, OH 45267-0586, USA, Christy.Holland@uc.edu), David D. McPherson (University
of Texas Health Science Center, 6431 Fannin St., MSB 1.252, Houston, TX 77030, USA, David.D.McPherson@uth.tmc.edu)

Echogenic liposomes (ELIP) are under development to enable ultrasound-controlled drug delivery. Ultrasound-triggered release of
hydrophilic and lipophilic agents was assessed from circulating ELIP in vitro using color Doppler ultrasound (6 MHz). Calcein, or
recombinant tissue plasminogen activator (rt-PA), both hydrophilic agents, or papaverine, a lipophilic agent, were each loaded into ELIP
and diluted in 0.5% bovine serum albumin. Ultrasound-triggered release of calcein, rt-PA or papaverine from ELIP was determined
relative to detergent and untreated controls. Calcein concentration was measured by fluorimetry and release of rt-PA was assayed with
a chromogenic substrate and a spectrophotometric method. Papaverine concentration was quantified by absorbance spectrophotometry
and the amount of papaverine associated with P-ELIP was determined using a spin column filtration technique. Dynamic changes in
echogenicity were assessed with low output B-mode ultrasound (0.04 MI) as mean digital intensity. Treatment with color Doppler
ultrasound resulted in a statistically significant amount of calcein and rt-PA release from liposomes (p < 0.01), but did not induce
papaverine release (p > 0.05). The differential efficiency of ultrasound-mediated pharmaceutical release from ELIP for water-soluble
and lipid-soluble compounds suggests that water-soluble drugs are better candidates for the design and development of ultrasound-
controlled drug delivery systems.

Contributed Papers

12:00
2aBB12. Ultrasound contrast agents in an in vivo murine melanoma
model. Frangois Tranquart (INSERM U930, 2, Bvd Tonnelle, 37044 Tours
Cedex 9, France, tranquart@med.univ-tours.fr), Ayache
Bouakaz (INSERM U930, 2, Bvd Tonnelle, 37044 Tours Cedex 9, France,
bouakaz@med.univ-tours.fr), Sophie Serriere (INSERM U930, 2, Bvd
Tonnelle, 37044 Tours Cedex 9, France, serrie_s@med.univ-tours.fr)

The purpose of the study was to test different types of microbubble con-
trast agents (SonoVue®, Definity® and targeted microbubbles against vas-
cular endothelial growth factor receptors (KDR, antiCD31)) to quantify
angiogenesis. After SonoVue® and Definity® injections, a strong, rapid and
heterogeneous signal enhancement was detected in all tumors. According to
the tumor size, the quantification of the perfused area revealed major inter-
individual variations. Three groups of animals bearing tumors, following
SonoVue® administration, were arbitrarily constituted to compare various
sonographic parameters such as AUC, mTT, etcce. The tumoral size increase
seemed negatively correlated to a decrease in all quantified parameters. Non
linear acoustic signal from microbubbles targeted to the molecular site was
determined by an ultrasound-based destruction-reperfusion scheme. In
tumor-bearing mice, an increase of the retention time (>10 minutes) was
revealed following KDR and antiCD31 targeted microbubbles administra-
tions when compared to the retention time of non targeted microbubbles.
The amount of remaining targeted bubbles remains always lower than non
specific agents. Results showed that quantitative contrast-enhanced ultra-
sound imaging could be an effective method for monitoring angiogenesis
process in mice and so could be used for the follow-up of tumours under
specific treatment.
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12:20

2aBB13. Ultrasound contrast imaging of angiogenisis in a murine
tumor model. Olivier Lucidarme (CHU Pitié-Salpétriere, 47-83 Boule-
vard de I"’Hbpital, 75651 Paris, France,
olivier.lucidarme@psl.aphp.fr), Laurent Taillade (Laboratoire d’Imagerie
Paramétrique, 15 rue de I’Ecole de Médecine, 75006 Paris, France,
laurenttaillade2@yahoo.fr), Aymeric ~ Guibal (Laboratoire  d’Imagerie
Paramétrique, 15 rue de I’Ecole de Médecine, 75006 Paris, France,
guibala@hotmail.com), Sebastien Mule (Lab d’Imagerie Fonctionnelle, 91
Boulevard de I’Hbpital, 75634 Paris, France,
Sebastien.Mule@imed.jussieu.fr), Eva Comperat (CHU Pitié-Salpétriere,
47-83 Boulevard de I’Hopital, 75651 Paris, France,
eva.comperat@psl.aphp.fr), Yasmina Badachi (Laboratoire d’Imagerie
Paramétrique, 15 rue de I’Ecole de Médecine, 75006 Paris, France,
yasmina.badachi@gmail.com), Erwan Jouannot (Laboratoire d’Imagerie
Paramétrique, 15 rue de I’Ecole de Médecine, 75006 Paris, France,
Erwan.Jouannot@sanofi-aventis.com), Olivier Rixe (CHU Pitié-
Salpétriere, 47-83 Boulevard de [I’Hopital, 75651 Paris, France,
olivier.rixe@psl.aphp.fr), Lori Bridal (Laboratoire d’Imagerie
Paramétrique, 15 rue de I’Ecole de Médecine, 75006 Paris, France, bridal
@lip.bhdc.jussieu.fr)

Microvascularization modifications should precede tumor size-changes
during anti-angiogenic therapy. We applied contrast functional ultrasound
imaging (fUSI) to detect changes in Wilms tumors with anti-angiogenic
treatment (Bevacizumab). Human Wilms tumor cells was grafted in left kid-
ney of 32 mice. Once tumors had >5mm diameter, mice received : placebo,
N=14; Bevacizumab for 21days, N=11; and Bevacizumab for 10days fol-
lowed by placebo for 11days, N = 7. On days -1, +1, +9, +14 and +21
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with respect to treatment start, fUSI was performed (CPS mode, SonoVue).
Linear time intensity curves were obtained from regions in kidney cortex
and matched-depth of tumor for first bolus passage and 50s following acous-
tic destruction of contrast. Excised tumor weight decreased with increased
treatment duration: 3.7+/-1.8 g (placebo), 2.3+/-1.9 g (Bevacizumab-
10days, placebo-11days), 1.4+/-0.7 g (Bevacizumab-21 days) [p<0.05].
Area under the bolus-passage curve (AUC) and the plateau intensity of the

destruction-reperfusion were greater from D+9 to D+21 [p<0. 04] in the
placebo than Bevacizumab-21day. For the group treated during the first 10
days, fUSI values were comparable to those of the treated group until
D+14, then increased to become slightly superior to those of the placebo
group by D+21. Noninvasive fUSI demonstrated revascularization after
suspension of anti-VEGF therapy.

12:40-1:40 Lunch Break

Invited Paper

2aBB14. Violent cavitation from optically configured microbubble pairs. Paul A. Campbell (University of Dundee, Ewing 1-6,
Carnegie Physics Laboratory, Main Campus, DD1 4HN Dundee, UK, p.a.campbell@dundee.ac.uk)

The mutual interaction between two cavitating microbubbles was investigated using a novel optical trapping arrangement. This
approach facilitated development of arbitrary, stable, and initial spatial configurations for two-bubble systems. Critically, exercising
optical control over such a binary system can effectively isolate it from resident bubble populations during insonation. This ensures that
any early stage dynamical evolution of the system is dominated by the mutual interaction of the two bubbles in view, rather than any
extraneous influence arising from ’cross-talk’. In circumstances where the bubbles are located far from a rigid boundary, we observed,
using high speed microphotography at framing rates of over 1MHz, that the action of secondary radiation forces leads to mutual bubble
attraction often followed by the development of violent microjetting. Microbubble coalescence, with subsequent fragmentation could be
observed, and the generation of short-lived anti-bubbles can often occur also. Finally, when cells are present as confluent monolayers on
rigid substrates, the statistics for microbubble outcome and dynamics are modified somewhat. | will relate statistics to the parameter
space that we interrogated, which included: inter-bubble spacing; relative bubble radii; and individual bubble stand-off parameters.

Contributed Papers

2:00
2aBB15. Nonlinear propagation in microbubble cloud, does it make the
distal myocardium appear brighter or darker?  Meng-Xing
Tang (Imperial College London, Dept. of Bioengineering Engineering,
South Kensington, SW7 2AZ London, UK,
mengxing.tang@ic.ac.uk), Robert Eckersley (Imperial College London,
Imaging Sciences Department, Hammersmith Campus, Du Cane Road, W12
OHS London, UK, r.eckersley@ic.ac.uk)

A number of questions remain in contrast ultrasound imaging regarding
the complex interaction between bubbles, US and tissue. E.g. in contrast
echocardiography for perfusion imaging, it is sometimes difficult to interpret
the images for the myocardium distal to the probe. Due to US nonlinear
propagation through the bubble-filled chamber, the distal part can appear
artefactually brighter or darker in e.g. Pulse Inversion images. Although tis-
sue at target is likely to increase in brightness in contrast specific images
when nonlinear propagation happens, it is less clear for microbubbles. This
work tries to gain better understanding of this by investigating how nonlin-
ear propagation of ultrasound pulses can change the appearance of mi-
crobubbles and tissues in Pulse Inversion images by altering their acoustic
response. A series of specifically designed simulations and experiments were
performed. The results show that nonlinear propagation can have a signifi-
cant impact on the appearance of tissue containing bubbles, and this varies
with insonating frequency and pressure. These results suggest the mecha-
nism involves a balance between a reduction in nonlinear bubble scattering
after propagation against an increase in the nonlinear tissue scattering. Con-
sequently the deeper tissues containing bubbles may appear brighter or
darker depending on the relative contribution of these two effects.
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2:20

2aBB16. Frequency dependence of kidney injury induced by
contrast-aided diagnostic ultrasound. Douglas Miller (University of
Michigan, Department of Radiology, Ann Arbor, Ml 48109-0553, USA,
douglm@umich.edu), Chunyan Dou (University of Michigan, Department
of Radiology, Ann Arbor, MI 48109-0553, USA,
chunyand@umich.edu), Roger C. Wiggins (University of Michigan, De-
partment of Internal Medicine (Nephrology), Ann Arbor, MI 48109, USA,
rwiggins@med.umich.edu)

Glomerular capillary hemorrhage (GCH) induced in rat kidneys by con-
trast aided diagnostic ultrasound was examined as a function of ultrasonic
frequency. The right kidneys of anesthetized rats mounted in a water bath
were exposed to image pulse sequences at 1 s intervals during intravenous
infusion of diluted ultrasound contrast agent. Diagnostic ultrasound (DUS)
scanners were utilized for exposure at 1.5, 2.5, 3.2, 5.0 and 7.4 MHz. A labo-
ratory exposure system (LES) was used to simulate DUS exposure at 1.0,
1.5, 2.25, 3.5, 5.0 and 7.5 MHz at relatively high peak rarefactional pressure
amplitudes (PRPAs). The exposed kidneys were removed and fixed for
histology. GCH was measured by counting glomeruli with blood in the uri-
nary (Bowman’s) space on histological sections. The percentage of GCH at
a fixed exposure frequency showed a rapid rise with PRPA above an appar-
ent threshold. The threshold values were approximately proportional to the
ultrasound frequency, with proportionality constants of 0.5 MPa/MHz for
DUS and 0.6 MPa/MHz for LES exposures. The increasing thresholds with
increasing frequency limited the GCH effect for contrast aided DUS, and no
GCH was seen for DUS at 5.0 or 7.4 MHz for the highest available PRPAs.
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8:00

2aEAal. Acoustic array interactions in the time domain. George W. Benthien (511 Savoy Street, San Diego, CA 92106, USA,
benthien@cox.net)

In this paper | discuss the computation of acoustic array interactions in the time domain. Acoustic array interactions in the time
domain are expressed in terms of mutual impulse response functions. The mutual impulse response between a pair of array elements is
the acoustic force on the first element of the pair due to an acceleration impulse of the second with all other elements held rigid. The
mutual response functions are calculated in the frequency domain using the boundary element program CHIEF and then Fourier trans-
formed to the time domain. As the convergence in the frequency domain can be very slow, | introduce modified impulse response
functions that converge much faster in the frequency domain and are simply related to the desired impulse response functions. This
approach reduces the range of frequencies required in the CHIEF computations and gives better accuracy in the initial time period.
Transient results are presented for an array of simple transducer elements. The mutual impulse response functions are combined with the
transducer element equations to yield a system of differential-integral equations of delay type. A solution procedure for equations of this
type is presented.

8:20

2aEAa2. Exact model of Langevin transducers with internal losses. D. D. Ebenezer (Naval Physical and Oceanographic Labo-
ratory, Thrikkakara, 682021 Kochi, India, tsonpol@vsnl.com), P. A. Nishamol (Naval Physical and Oceanographic Laboratory,
Thrikkakara, 682021 Kochi, India, dd_ebenezer@yahoo.com)

An exact method is presented to analyze classical Langevin transducers with internal losses. The transducers consist of an axially
polarized piezoelectric cylinder sandwiched between two elastic cylinders. All three cylinders are of the same diameter. Exact solutions
to the exact equations of motion of the piezoelectric and elastic cylinders and the Gauss electrostatic condition are used. Complex
piezoelectric and elastic coefficients are used to model internal losses. For each cylinder, the first set of solutions contains Bessel func-
tions that form a complete set in the radial direction. The second and third sets contain trigonometric functions that form complete sets
in the axial direction. They are used to represent fields that are symmetric and anti-symmetric with respect to the plane midway between
the ends of the cylinder, respectively. The interface and boundary conditions are satisfied by using the orthogonal properties of the
functions. Transducers with identical elastic cylinders at the ends as well as those with a light head mass and a heavy tail mass are
analyzed. Numerical results are presented to illustrate the input electrical admittances of transducers. They are compared with those
obtained using ATILA - a finite element package for the analysis of sonar transducers.

8:40

2aEAa3. Numerical acoustic modeling code applied to sonar transducers and arrays: review and perspectives. Gerard
Vanderborck (Thales Underwater Systems SAS, Acoustic Department, 525 route des Dolines, BP 157, 06903 Sophia Antipolis Cedex,
France, gerard.vanderborck@fr.thalesgroup.com)

In this paper a review based on several examples of Thales Underwater Systems (TUS) design and modeling of transducers will be
presented: several examples like wide band free flooded ring flextensional and bender transducers, high frequency transducers with
thermal analysis modeling included, will be discussed. An approach of the problem of the mutual impedance computation appearing in
array modeling will be also presented. Tus used since several decades FEM - BEM codes to design acoustic transducers and arrays. The
perspectives in transducer and array modeling will be indicated like the possibility to take into account the non-linearities in the ma-
terial, the time dependent problem and the use of new kind of piezoelectric material will be also discussed. Specific aspect of single
crystal transducers modeling will be presented. The increase of the computing power will also permit to take into account the complex
problem of the interaction between transducers in an array (mutual impedances). We will conclude on complex ultra wide band antenna
(based on strong transducers interactions) optimization and the associated modeling architecture issues.
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2aEAa4. Finite element analysis simulations of a piezoelectric cymbal actuator using atila software. Thomas Tremper
(Micromechatronics Inc., 200 Innovation Blvd, Suite 155, State College, PA 16803, USA, ttremper@mmech.com), Alfredo Vazquez
Carazo (Micromechatronics Inc., 200 Innovation Blvd, Suite 155, State College, PA 16803, USA, avc@mmech.com), Kenji Uchino
(Micromechatronics Inc., 200 Innovation Blvd, Suite 155, State College, PA 16803, USA, kenjiuchino@mmech.com)

The piezoelectric ultrasonic cymbal actuator is a well known flextensional type actuator. Because of the actuator’s geometry, the
small movements of the piezoelectric ceramic are amplified by the flextensional structure. Simulation of this device was performed
using Atila finite element software, which is specially suited for piezoelectric devices. This study will focus on some of the necessary
parameters to accurately simulate cymbal actuators and other piezoelectric actuators. The simulations discussed will be compared to
actual experimental data. Based on the experimental results the simulations will be reexamined and modifications will be made to
increase the models accuracy. Employing this iterative process will promote increased accuracy in future simulations, which would

therefore decrease development time and increase productivity.

Contributed Papers

9:20

2aEAa5. Underwater tensor sensors based on optical fiber bragg
gratings. Francois M. Guillot (Georgia Institute of Technology, Mechani-
cal Engineering, 771 Ferst Drive, Atlanta, GA 30332-0405, USA,
francois.guillot@me.gatech.edu), David H. Trivett (Georgia Institute of
Technology, Mechanical Engineering, 771 Ferst Drive, Atlanta, GA 30332-
0405, USA, david.trivett@me.gatech.edu), Peter H. Rogers (Georgia Insti-
tute of Technology, Mechanical Engineering, 771 Ferst Drive, Atlanta, GA
30332-0405, USA, peter.rogers@me.gatech.edu)

This paper deals with the development a new type of low-noise under-
water tensor sensor aimed at improving the performance and the design of
directional arrays. The transducer can be configured either as a particle ve-
locity sensor (dipole) or as fluid shear sensor (quadrupole). The sensing
principle of the device relies on the interference signal from two Bragg grat-
ings written on the same fiber, and illuminated by a tunable, narrowband
light source. The gratings are a few centimeters apart, and they each reflect
a portion of the incident light. The fiber is epoxied to two spacers separated
by a small gap situated between the gratings. This assembly is then adhered
to two plates connected by a hinge, which is located below the gap. One
plate is held rigidly and the tip of the other (free) plate experiences trans-
verse vibrations, when ensonified. These vibrations produce periodic gap
length changes, which modulate the interference signal from the two
gratings. The modulation is related to the amplitude of the sound wave and
is monitored with a photodetector. A noise analysis will be presented and the
performance of prototype sensors will be discussed.

9:40
2aEAab. Beampattern optimization for a conformal projecting array of
transducers with baffle effect and mutual coupling among elements.
Yuanliang Ma (Institute of Acoustic Engineering, Northwestern Polytechni-
cal University, 710072 Xi’an, China, ylma@nwpu.edu.cn), Zhengyao
He (Institute of Acoustic Engineering, Northwestern Polytechnical Univer-
sity, 710072 Xi’an, China, hezhengyao@163.com)

Beampattern optimization for projecting arrays is much more challeng-
ing in comparison with receiving arrays, particularly for conformal project-
ing arrays. It is because the array elements have to work in resonance state
for efficient projecting and the variation of radiation impedance has strong
effect on the array performance. The radiation impedance for each element
is determined by a lot of factors, i.e, the element position, baffle property,
mutual coupling and velocity weighting vector of the array. Thus beampat-
tern optimization for a projecting conformal array must take into account all
these factors. One thing makes the topic more difficult that the mutual im-
pedance for each element is changeable along with the weighting vector
change. In this paper a global solution approach is formulated and a bound-
ary element model combined with transducer equivalent circuits is
developed. The driving voltage weighting vector is deduced through an op-
timization algorithm. Computer simulation together with experiments are
conducted for a 14-element conformal array. The results agree well. The
multiple beampatterns formed within a wide observation sector exhibit uni-
form beamwidth and low sidelobes. The source level for each beam is maxi-
mized in constraint of the maximum driving voltage of array elements being
constant.
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10:00

2aEAa7. Advanced Single Crystal Piezoelectric Transducers for Naval
Sonar and Medical Ultrasound  Applications. Wesley
Hackenberger (TRS Technologies, Inc., 2820 East College Avenue, State
College, PA 16801, USA, wes@trstechnologies.com), Jun Luo (TRS Tech-
nologies, Inc., 2820 East College Avenue, State College, PA 16801, USA,
jun@trstechnologies.com), Kevin Snook (TRS Technologies, Inc., 2820
East College Avenue, State College, PA 16801, USA, kevin@trstechnologies
.com)

Single crystal piezoelectrics have received much attention due to their
very high piezoelectric and electromechanical coupling coefficients. Naval
sonar and medical ultrasound transducers, fabricated from this material, ex-
hibit unprecedented increases in bandwidth, source level, and sensitivity
compared to ceramic based devices. In this paper we report many new de-
velopments in the growth and manufacture of single crystals. These include
increased diameter (> 3") crystal boules, improved compositional unifor-
mity, increased thermal stability, and minimized surface damage. Manufac-
turing improvements are being applied to a broad range of crystal transducer
applications. For navy sonar systems, crystals are resulting in very high
bandwidths (> 100%) for transducer sizes that are 1/2 the resonating length
and 1/4 the weight of ceramic counterparts with equivalent (or often lower)
source level. Manufacturing improvements such as high tensile strength,
achieved by precision polishing crystal surfaces, are enabling new trans-
ducer operational regimes not possible with ceramic. In particular, single
crystal 1-3 composite projectors show promise for achieving high source
level in a compact, integrated system designs. Single crystals are also en-
abling new applications in medical ultrasound including very broadband and
extremely high frequency transducers. Further improvements are expected
in the near future.

10:20-10:40 Break

10:40

2aEAa8. Design of a phase array ultrasonic sensor using vibration
decoupled concept. Chia-Yu Lin (National Taiwan University, Rm.433,
Institute of Applied Mechanics, No.1, Sec.4, Roosevelt Rd., 10617 Taipei,
Taiwan, cylinx@mems.iam.ntu.edu.tw), Chih-Chiang Cheng (National Tai-
wan University, Rm.433, Institute of Applied Mechanics, No.1, Sec.4,
Roosevelt Rd., 10617 Taipeli, Taiwan, cccheng@nbm.ntu
.edu.tw), Wen-Jong Wu (Department of Engineering Science and Ocean
Engineering, National Taiwan University, Rm.433, Institute of Applied Me-
chanics, No.1, Sec.4, Roosevelt Rd., 10617 Taipei, Taiwan,
wjwu@ntu.edu.tw), Chuin-Shan Chen (Department of Civil Engineering,
National Taiwan University, Rm.433, Institute of Applied Mechanics, No.1,
Sec.4, Roosevelt Rd., 10617 Taipei, Taiwan, dchen@ntu.edu.tw), Jay
Shieh (Department of Material Science and Engineering, National Taiwan
University, Rm.433, Institute of Applied Mechanics, No.1, Sec.4, Roosevelt
Rd., 10617  Taipei, Taiwan, jayshieh@ntu.edu.tw), Chih-Kung
Lee (National Taiwan University, Rm.433, Institute of Applied Mechanics,
No.1, Sec.4, Roosevelt Rd., 10617 Taipei, Taiwan, cklee@mems.iam.ntu
.edu.tw)

Phase array ultrasonic sensors have been used widely to generate higher
directional radiating patterns in which piezoelectric units are distributed
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sparsely in space. In this study, we present a novel design of a phase array
ultrasonic sensor based on the concept of vibration decoupling. Decoupling
is achieved by careful design of source aperture, and such design allows pi-
ezoelectric units tightly located in the same structure. The phase array sensor
is designed herein as a cylinder with a dumbbell shape groove to decouple
vibration, and finite element analysis is used to optimize the design. Two
piezoelectric discs are adhered on the bottom plate of the sensor whereby
desirable wave generation and detection are controlled adaptively. By elec-
trical steering, the sensor thus operates as a dipole mode. Finally, prototypes
of the sensor are made and experiments are conducted to verify simulation
results.

11:00

2aEAa9. Nonlinear multifrequency transmitter for seafloor
characterization. Lucilla Di Marcoberardino (Institut Jean le Rond
D’Alembert, UMR 7190, 2 Place de la Gare de Ceinture, 78210 Saint Cyr
L’Ecole, France, lucilladm@hotmail.com), Jacques Marchal (Institut Jean
le Rond D’Alembert, UMR 7190, 2 Place de la Gare de Ceinture, 78210
Saint Cyr L’Ecole, France, jmarchal@ccr.jussieu.fr), Pierre
Cervenka (Institut Jean le Rond D’Alembert, UMR 7190, 2 Place de la
Gare de Ceinture, 78210 Saint Cyr L’Ecole, France, cvk@ccr.jussieu.fr)

In the underwater context, it is known that the frequency diversity pro-
vides essential information to derive the nature of the seafloor. This presen-
tation deals with a new concept based on a transmitter that generates simul-
taneously several harmonic frequencies. Our final objective is to assert the
feasibility of a multi-frequency tool whose desirable characteristics could be
specified for applications such as detection of sunken oil slicks, sediment
characterization, or surveys before cable or pipe laying. The acoustic beams
are generated through the harmonic components of a shock wave radiated by
an antenna driven at a high level. The source is unique in time and space so
that the multi-frequency responses are inherently perfectly matched. A nu-
merical model based on a generalized KZK equation has been developed to
estimate the saturated fields. Measurements of the first harmonic fields ob-
tained in our outdoor tank facility are compared with simulations.

11:20
2aEAal0. Modeling the acoustic radiation force in piezoelectrically
driven micro fluidic chambers using ATILA. Karl Fisher (Lawrence
Livermore National Laboratory, 7000 E Avenue, Brentwood, CA 94513,
USA, fisher34@lInl.gov)

A procedure is demonstrated to quantitatively evaluate the acoustic ra-
diation forces in micro fluidic particle manipulation chambers. Typical esti-
mates of the acoustic pressure and the acoustic radiation force are based on
an analytical solution for a simple 1-dimensional standing wave pattern. The
complexities of a typical micro fluidic channel limit the usefulness of this
approach. By leveraging finite element approaches, and a generalized equa-
tion for the acoustic radiation force, channel designs can be investigated in
two- and three-dimensions. Calculations and experimental observations are
in good agreement. This work was performed under the auspices of the U.S.
Department of Energy by University of California, Lawrence Livermore Na-
tional Laboratory under Contract W-7405-Eng-48.

11:40
2aEAall. Equivalent circuit models derived from finite element models
using structural dynamics techniques. Julien Bernard (Thales Underwa-
ter Systems, 525 route des Dolines BP 157 Valbonne Parc d’Activités de
Sophia Antipolis, 06903 Sophia Antipolis Cedex, France, julien.bernard@fr
.thalesgroup.com)

Electroacoustic transducers can be divided into an active part, the driver,
and a passive part, the structure. The driver ensures electromechanical trans-
duction, while the structure performs various mechanical and acoustical
functions, such as support, shock and pressure protection, and impedance
transformation. For design purposes, one often needs an equivalent circuit
model which gives a relationship between the acoustic characteristics of the
overall device and that of its components. Transducer equivalent circuits are
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usually either physical or modal. Physical equivalent circuits lend them-
selves to the treatment of a transducer as an assembly, but in general yield
frequency dependant parameters. Modal equivalent circuits are more ad-
equate for resonant transducers, but describe transducers as a whole. This
works shows how these two types of equivalent circuits can be obtained
from a full finite element model by using common structural dynamics
techniques: substructuring and modal expansion. It also shows that a third,
hybrid type of equivalent circuit can be obtained by using a component
mode synthesis technique derived from the Craig-Bampton method. This hy-
brid equivalent circuit combines the advantages of physical and modal
equivalent circuits, enabling to express transducer modal parameters in
terms of driver and structure modal parameters.

12:00
2aEAal2. Acoustic field calculation for a compact barrel-stave
flextensional transducer array. Zhengyao He (Institute of Acoustic En-
gineering, Northwestern Polytechnical University, 710072 Xi’an, China,
hezhengyao@163.com), Chao Sun (Institute of Acoustic Engineering,
Northwestern Polytechnical University, 710072 Xi’an, China, csun@nwpu
.edu.cn)

The boundary element method together with the finite element method is
used to calculate the radiated acoustic field of a compact array of barrel-
stave flextensional transducers. At first, the surface vibration displacement
distribution of one barrel-stave transducer is obtained by the finite element
method using the commercial software ANSYS. The calculation results are
then imported into the boundary element calculation software SYSNOISE.
At the frequency of 1400Hz, the radiated acoustic field and radiation imped-
ance are calculated by the boundary element method for a planar array
which is composed of three identical barrel-stave flextensional transducers
uniformly distributed on a circle with spacing much less than half
wavelength. The calculation results show that the mutual interactions among
elements are significant for the compact array. The mutual radiation resis-
tance between two transducers is close to the self-radiation resistance of the
transducers. And the transmitting source level of the 3-element array is
8.7dB higher than that of one transducer if the surface vibration velocities of
the transducers in the array are the same as that of one transducer. The pro-
posed technique can be used to predict the performance of a transmitting
transducer array at the stage of preliminary design.

12:20

2aEAal3. Finite Element Modeling of 2-D Transducer Arrays. Hind
Mestouri (ISEN  Brest (Institut Supérieur de I’Electronique et du
Numeérique), 20, rue Cuirassé Bretagne, C.S. 42807, 29228 Brest, France,
hind.mestouri@isen.fr), Alain Loussert (ISEN Brest (Institut Supérieur de
I’Electronique et du Numérique), 20, rue Cuirassé Bretagne, C.S. 42807,
29228 Brest, France, alain.loussert@isen.fr), Gilles Keryer (ISEN Brest
(Institut Supérieur de I’Electronique et du Numérique), 20, rue Cuirassé
Bretagne, C.S. 42807, 29228 Brest, France, gilles.keryer@isen.fr)

Active sonar detects objects underwater by sending out sound waves in
pulses, scientists could measure the time it takes these pulses to travel
through the water, reflect off of an object, and return to the ship. There are
a number of factors limiting the performance of low frequency transducer
arrays for active sonar systems including the crosstalk and housing interac-
tions which affects the directivity pattern and the sensitivity. Many impor-
tant issues in transducer arrays design, such as crosstalk, cannot be accu-
rately studied using analytic method due to the complexity of the partial
differential equations involved. Finite element method is the only appropri-
ate way to gain more detailed information. In this paper, a 2-D finite element
model is constructed to analyze the crosstalk and structure interactions, us-
ing ATILA code and GiD graphical interface, of transducer arrays, consists
of six active piezoceramic bars, and developed for shallow water use. The
directivity pattern strongly depends on the transducer size versus wave-
length, each transducer elements interacts directly with its neighbour and in-
directly with the other elements, and the radiated acoustic power may con-
siderably vary from one element to another. It is shown that crosstalk and
housing interactions can be reduced through the use of different inter-
element materials and housing characteristics.
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Contributed Papers

8:00
2aEAb1. Measurement of Sound Velocity in Water Using Optical Probe
and Acoustical Holography. Takeshi Ohbuchi (University of Tsukuba,

1-1-1 Tennoudai, 305-8573 Tsukuba, Japan,
ohbuchi@aclab.esys.tsukuba.ac.jp), Koichi  Mizutani (Tsukuba  Univ.,
Tsukuba Science City, 305-8573 Ibaraki, Japan,
mizutani@esys.tsukuba.ac.jp), Naoto Wakatsuki (Tsukuba Univ., Tsukuba
Science City, 305-8573 Ibaraki, Japan,

wakatuki@iit.tsukuba.ac.jp), Hiroyuki Masuyama (Toba National College
of Maritime Technology, 1-1 Ikegami-cho, 517-8501 Toba, Japan,
masuyama@toba-cmt.ac.jp)

We propose a method for a determination of a three-dimensional sound
velocity using optical computerized tomography (O-CT) and near-field
acoustical holography (NAH) for measuring a phase object. Ultrasonic
waves affect a phase of the light passing through radiated sound fields. The
zeroth order diffraction light including sound pressure information is ac-
quired by an avalanche photodiode. Eighteen projections are acquired by ro-
tational scanning, and each projection along the optical axis is obtained by
single linear scanning and electronically quadrature-detected as the complex
amplitude. The complex sound fields are reconstructed by O-CT in a region
of 40 X 40 mm?. Then the sound field on another plane is propagated using
NAH from the acquired sound fields, and the sound field on the same plane
is reconstructed by O-CT. Comparing the phase of propagated and recon-
structed sound fields in wavenumber domain, we can obtain the sound ve-
locity in three dimensional space in a region of 30 x 30 X 10 mm®. The
experimental results are in agreement with the reference value measured by
another mean.

8:20

2aEADb2. Influence of a load on the nonlinear behavior of a
piezoelectric  rod under high sinusoidal voltages. Denis
Parenthoine (Lussi, Université F Rabelais de Tours, 40, rue de la Chocola-
terie, 41000 Blois, France, parenthoine_denis@yahoo.fr), Lionel
Haumesser (Lussi, Université F Rabelais de Tours, 40, rue de la Chocolat-
erie, 41000 Blois, France, lionel.haumesser@univ-tours.fr), Francois
Vander Meulen (Lussi, Université F Rabelais de Tours, 40, rue de la Choco-
laterie, 41000 Blois, France, vandermeulen@univ-tours.fr), Louis-Pascal
Tran-Hhuu-Hue (Lussi, Université F Rabelais de Tours, 40, rue de la
Chocolaterie, 41000 Blois, France, tran@univ-tours.fr)

At high levels of excitation, appear, in piezoelectric devices, nonlinear
phenomena which can adversely affect the quality of the applications to
which they are devoted. It is, in particular, true in non-destructive evalua-
tion, where the generation of harmonics in the ultrasonic tranducer can make
inacurrate measurements in materials. In a previous work, third-order con-
stants in a piezoceramic rod of PZT-21 under high sinusoidal electric fields
have been evaluted from the analysis of second harmonic generation in the
mechanical displacement. All these measurements have been performed un-
der condition of complete free stress. In order to allow a better understand-
ing of the nonlinear behavior of the transducer, various loads, are, now, ap-
plied at one end of the piezoceramic rod. Velocity masurements performed
by a laser probe at the free end of the active element provides then infor-
mations about the nonlinear behavior of the system. Influence of load on the
linear and nonlinear behavior of the piezoelectric rod is then studied in the
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case of an aluminium bar, and in the case of more nonlinear materials. Re-
sults are compared both experimentally and theoritically in loaded and un-
loaded configurations.

8:40
2aEAD3. Uncertainty of Acoustical Material Characteristic
Measurements. Samir N. Gerges (Federal University of Santa Catarina
(UFSC), Campus Universitario - Trindade, 88040-900 Florianopolis, Brazil,
samir@emc.ufsc.br), Peter K. Gieshrecht (Federal University of Santa
Catarina (UFSC), Campus Universitario - Trindade, 88040-900 Florianopo-
lis, Brazil, samir@emc.ufsc.br)

The experimental determination of the acoustic properties of sound ab-
sorption materials depends on numerous factors. The accuracy level in the
determination of each property depends, for example, on the measurement
apparatus and the type of material. The objective of this work is to present
a study about the main sources of uncertainty in the measurement of prop-
erties such as sound absorption coefficient, acoustic impedance, flow resis-
tivity and porosity. The uncertainties of the measurement apparatus of each
property are quantified. The uncertainty of the materials heterogeneity is
also assessed and its individual contribution highlighted. Important aspects
of the Standards ASTM C 522 and I1SO 10534-2, which present, respec-
tively, recommendations and a procedure for flow resistivity and sound ab-
sorption measurements, are discussed. The methodology to calculate the un-
certainty of each property is discussed with emphasis on the relevancy of
each uncertainty source.

9:00
2aEAb4. Design and implementation of a three-dimensional seven
microphone vector intensity probe with low and high frequency
compensations. Khalid Miah (University of Texas, P.O. Box 7155, Austin,
TX 78713, USA, miah@mail.utexas.edu), Elmer Hixson (Univ. of Texas,
ECE Dept., 1 University Station 0803, Austin, TX 78712-0240, USA,
ehixson@mail.utexas.edu)

A seven microphone vector intensity probe has been designed and
implemented in this report with low and high frequency compensations.
Measurements from plane wave tube and anechoic chamber are used for
overall system calibration with corrected gain and phase mismatch errors.
Measured and calculated intensity level from both plane wave tube and
anechoic room settings showed close agreement with each other in compari-
son to separate low and high frequency components of the array. Particle
velocity vectors and pressures determined for calculating intensity were also
used to calculate sound power and total energy density components of vari-
ous sources. This microphone array vector intensity probe is then used to
explore various sound source identification and localization problems.

9:20
2aEADS5. Application of contrast optimisation autofocus to flexible
ultrasonic arrays for non-destructive testing. Alan J. Hunter (University
of Bristol, Queen’s Building, University Walk, BS8 1SY Bristol, UK,
a.hunter@bristol.ac.uk), Bruce W. Drinkwater (University of Bristol,
Queen’s Building, University Walk, BS8 1SY Bristol, UK,
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b.drinkwater@bristol.ac.uk),Paul D. Wilcox(University of Bristol, Queen’s
Building, University Walk, BS8 1SY Bristol, UK, p.wilcox@bristol.ac.uk)

Flexible ultrasonic arrays are used for imaging within objects with com-
plicated geometries for non-destructive testing and evaluation (NDT/NDE),
e.g., thick-walled pipes, weld caps, etc. We consider the application of au-
tofocus techniques (routinely used in synthetic aperture sonar (SAS)) to this
engineering problem. A flexible ultrasonic array is functionally similar to a
wide-beam, stripmap SAS with a single transmitter and receiver. Unfortu-
nately, there are few autofocus algorithms available for this configuration.
Popular algorithms, such as echo/image correlation, PGA, DPCA, etc., are
better suited for use with a narrow-beam or multiple-receiver SAS. How-
ever, contrast optimisation is a more general technique that is well suited to
the single transmitter/receiver geometry. In this presentation, we describe
our implementation of contrast optimisation autofocus and show experimen-
tal results using a flexible array prototype.

9:40
2aEAb6. Inspection of complex components with flexible phased array
transducer. Olivier Casula (CEA/LIST, bat 611, 91191 Gif sur Yvette,
France, olivier.casula@cea.fr), Gwenael Toullelan (CEA/LIST, bat 611,
91191 Gif sur Yvette, France, gwenael.toullelan@cea.fr), Philippe
Dumas (ZA, rue des Savourots, 70190 Voray-sur-1’Ognon, France, philippe
.dumas@imasonic.com)

Non destructive testing techniques using ultrasonic methods are often
carried out in contact. But, the inspection performances are limited to regu-
lar surfaces. Thus, surface irregularities lead to thickness variations of the
coupling layer that result in beam distortions and losses of sensitivity. In the
context, CEA/LIST has designed flexible phased-array techniques for com-
pensating the surface irregularities and fitting the surface. The independent
piezoelectric elements composing the radiating surface are mechanically as-
sembled to build an articulated structure. An embedded profilometer mea-
sures the local surface distortion allowing to compute the optimized delay
laws and to master the characteristics of the focus beam. Those delay laws
computed by the UT-acquisition system are applied in real-time to the pi-
ezoelectric elements. To evaluate inspection method capabilities, CEA/LIST
develops a simulation software for non destructive testing, CIVA, able to
simulate realistic configurations in particular with complex 2D and 3D
applications. Matrix flexible phased-array probes have been designed and
manufactured in collaboration with IMASONIC. This paper sums up ex-
amples of inspections in complex geometries where these flexible probes
have been successfully used. Moreover, the data are reconstructed thanks to
CIVA tools and allow to locate and size the flaw in the part.

10:00-10:20 Break

10:20

2aEAb7. Characterization of laminated glasses by means of an
inversion method using Finite Elements. Jorge Frances Monllor
(DFISTS. Univ. de Alicante, Carretera de Sant Vicent del Raspeig s/n,
03690 San Vicente del Raspeig, Spain, jfmonllor@ua.es), Jaime Ramis
Soriano (DFISTS. Univ. de Alicante, Carretera de Sant Vicent del Raspeig
s/n, 03690 San Vicente del Raspeig, Spain, jramis@ua.es), Jesus Alba
Fernandez (Escola Politécnica Superior de Gandia, Universitat Politécnica
de Valéncia, Crtra Natzaret-Oliva s/n, 46730 Gandia, Spain, jesalba@fis.upv
.es), Enrique E. Segovia Eulogio (Depto Ing. Construccion. Univ. de Ali-
cante, Carretera de Sant Vicent del Raspeig s/n, 03690 San Vicente del
Raspeig, Spain, Enrique.Gonzalo@ua.es), Jenaro Vera Guarinos (DFISTS.
Univ. de Alicante, Carretera de Sant Vicent del Raspeig s/n, 03690 San Vi-
cente del Raspeig, Spain, jenaro@dfists.ua.es)

The experimental determination of elastic modules and loss factor in
laminated glass components is of great interest in building acoustics since at
present there are a lot of building systems using these types of devices. This
makes it necessary to predict the transmission losses in a partition. Even
though described in regulation, the process is not exempt from serious
difficulties. In this work we present a method in order to obtain the param-
eters mentioned above for a laminated glass composed of a sequence of iso-
tropic layers by solving the model-based inverse problem for frequency ad-
mittance experimentally obtained. The parameter that best describes the
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mechanical constants of material of the layers is obtained by minimizing the
discrepancy between the real numerically and numerically predicted
waveform. This is done using an iterative optimization. A sensitivity study
of the parameters uncertainty is performed in order to establish the feasibil-
ity of this technique.

10:40

2aEAD8. Detection of Shallow Underground Buried Object Using Air
Vibration Probe. Yuji Sato (Tsukuba Univ., Tsukuba Science City, 305-
8573 Ibaraki, Japan, yuji@aclab.esys.tsukuba.ac.jp), Tomohiro
Okamura (Univ. of Tsukuba, 1-1-1 Tennodai, 305-8573 Tsukuba, Japan,
mizutani@esys.tsukuba.ac.jp), Koichi Mizutani (Tsukuba Univ., Tsukuba
Science City, 305-8573 Ibaraki, Japan,
mizutani@esys.tsukuba.ac.jp), Naoto Wakatsuki (Tsukuba Univ., Tsukuba
Science City, 305-8573 Ibaraki, Japan, wakatuki@iit.tsukuba.ac.jp)

An air vibration probe is a device to measure an acoustic impedance us-
ing acoustic delay line oscillation. The frequency is changed when the
acoustic impedance is changed. If some objects are varied, the frequency is
expected to be changed in the case of the shallow underground detection.
The advantage of this device is that it can detect the underground object eas-
ily without any contacts or destructions. Two experiments were practiced to
study the relation among the frequency, the space between the probe and the
ground, and the depth of object. The space was changed with the buried ob-
jects in various depths. The frequency became higher when the space be-
came wider. In addition, the frequency was changed more obviously when
the space was narrower. The probe scanned the buried objects in the fixed
space. The objects were buried in various depths. The frequency became
high when the object was buried shallower. In conclusion, the air vibration
probe can detect the buried object because the frequency became high when
something was buried.

11:00
2aEADb9. Ultrasonic Airflow Meter in Greenhouse Using Acoustic
Reflection against Wall. lkumi Saito (Tsukuba Univ., Tsukuba Science
City, 305-8573 Ibaraki, Japan, saitou@aclab.esys.tsukuba.ac.jp), Naoto
Wakatsuki (Tsukuba Univ., Tsukuba Science City, 305-8573 Ibaraki, Japan,
wakatuki@iit.tsukuba.ac.jp), Koichi Mizutani (Tsukuba Univ., Tsukuba
Science City, 305-8573 Ibaraki, Japan, mizutani@esys.tsukuba.ac.jp), Limi
Okushima (National Institute for Rural Engineering, 2-1-6 Kannondai, 305-
8609 Tsukuba, Japan, limi@affrc.go.jp)

In this paper, we described an ultrasonic airflow meter in a greenhouse
using an acoustic reflection against a wall. The ultrasonic airflow meter is
available for measuring the spatial mean wind velocity and direction, which
consists of two sound probes and the wall of the greenhouse. Use of sound
probes has advantage that the airflow accumulated along sound paths from a
loudspeaker to a microphone is obtained in contrast to point measurements.
The wind velocity and direction are calculated from time of flights (TOFs)
of direct and reflected signals. The wind velocity and direction were mea-
sured in a greenhouse of 7.2 m X 29.0 m under factitious winds generated
from two large electric fans located at the one side of the greenhouse. In
addition, we detected air convection generated from two pairs of fans. These
were measured every 20 seconds for 120 minutes. Regarding the
measurement; by the proposed airflow meter and a reference; by a conven-
tional one, their mean wind velocities were 0.12 and 0.15 (m/s),
respectively. The presented airflow meter using the acoustic reflection
against the wall is convenient to measure the wind velocity and direction in
large-size facilities such as the greenhouse.

11:20
2aEADb10. An alternative and industrial method using low frequency
ultrasound enabling to measure quickly tortuosity and viscous
characteristic length. Frangois Fohr (Centre de Transfert de Technologie
du Mans, 20, rue Thalés de Milet, 72000 Le Mans, France,
ffohr@cttm-lemans.com), Damien Parmentier (Centre de Transfert de
Technologie du Mans, 20, rue Thalés de Milet, 72000 Le Mans, France,
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dparmentier@cttm-lemans.com),Bernard R. Castagnede(Laboratoire
d’Acoustique de I’Université du Maine, Avenue Olivier Messiaen, 72085 Le
Mans, France, bernard.castagnede@univ-lemans.fr), Michel
Henry (Laboratoire d’Acoustique de I’Université du Maine, Avenue Olivier
Messiaen, 72085 Le Mans, France, michel.henry@univ-lemans.fr)

In the past, several different methods have been proposed in order to de-
termine tortuosity and characteristic lengths, using various physical
approaches. For instance, the BET (from S. Brunauer, P. Emmett and E.
Teller) method used the adsorption of argon molecules within the surface of
the pores to measure thermal characteristic length (or the so-called specific
surface). Ultrasonic methods, during the two last decades, were efficiently
implemented to measure these parameters, using large frequency bandwidth,
different gazes including helium, and varying static pressures. The most
standard and well-known method relies on phase spectrum measurements
performed over short bursts, by plotting the inverse of the squared velocity
as a function of the inverse of the square root of the angular frequency. Un-
fortunately, this method is quite sensitive on noise during the unwrapping
procedure. We here propose a much simplier and efficient method, which is
very robust with noisy signals, working at one single frequency, in most
cases around 40 kHz. Measurements have been done onto a specific bench
developped at CTTM, with some calibrated glass beads, enabling to recover
the expected values of the physicalparameters. This method is particularly
well suited for industrial and "on line” applications.

11:40
2aEADb1l. A new impedance tube for large frequency band
measurement of absorbing materials. Jean Christophe Le Roux (CTTM,
20, rue Thales de Milet, 72000 Le Mans, France,
jcleroux@cttm-lemans.com), Jean-Pierre Dalmont (Laboratoire
d’Acoustique de I’Université du Maine, Avenue Olivier Messiaen, 72085 Le
Mans, France, Jean-Pierre.Dalmont@univ-lemans.fr), Bruno
Gazengel (Laboratoire d’Acoustique de I’Université du Maine, Avenue
Olivier Messiaen, 72085 Le Mans, France, bruno.gazengel@univ-lemans.fr)

The standard two microphones technique does not allow the measure-
ment of absorbing materials characteristics at low frequency. Moreover, to
cover a range from 100 to 6000 Hz two experiments have to be done with

TUESDAY MORNING, 1 JULY 2008

two different sample diameters. By using a sensor with a known volume ve-
locity source developed by the LAUM together with the CTTM, it is dem-
onstrated that the impedance can be obtained from 10 to 6000 Hz by per-
forming only one measurement with a single material sample. Results
showing the behaviour of some materials at low frequency are presented. On
the other hand a comparison is done with classical Kundt tube results.

12:00

2aEADb12. An experimental study of Sound Transmission Loss (STL)
measurement techniques using an impedance tube. Behrooz
Yousefzadeh (Univ. of Tehran, School of Mechanical Engineering,
1439957131  Tehran, Iran, behrooz.j.y@gmail.com), Mohammad
Mahjoob (Univ. of Tehran, School of Mechanical Engineering, 1439957131
Tehran, Iran, mmahjoob@ut.ac.ir), Nader Mohammadi (Univ. of Tehran,
School of Mechanical Engineering, 1439957131 Tehran, Iran,
nmohamady@ut.ac.ir), Ali Shahsavari (Univ. of Tehran, School of Me-
chanical Engineering, 1439957131 Tehran, Iran, shervin.shahsavari@gmail
.com)

A comparison between the two sound transmission loss (STL) measure-
ment techniques using an impedance tube (i.e. two-load method and
anechoic termination method) is presented. A modified B&K type 4206 im-
pedance tube has been designed and built. STL tests have been carried out
for three homogeneous and isotropic materials with disk-type test samples
of identical diameters and different thicknesses. In addition, the results have
been compared with those of the classical and more reliable method of two-
room. For both methods, the effect of downstream (tube termination) bound-
ary conditions have been completely studied. The two-load method yields
results which matches with two-room measurements, especially when the
two boundary conditions are considerably different. The anechoic termina-
tion method, on the other hand, is significantly dependant on the termination
boundary conditions.

AMPHI MAILLOT, 8:00 TO 10:40 A.M.

Session 2aMUa

Musical Acoustics and Physical Acoustics: Brass Instrument Acoustics |

Thomas Moore, Cochair
Rollins College, Department of Physics, Winter Park, FL 32789, USA

Joél Gilbert, Cochair
Laboratoire d’Acoustique de I’Université du Maine, Avenue Olivier Messiaen, Le Mans, 72085, France

Invited Paper

2aMUal. Does mass matter? Examining a concrete didjeridu. Noam Amir (Tel Aviv University, Dept. of Communications Dis-
orders, Sheba Medical Center, 52621 Tel Hashomer, Israel, noama@post.tau.ac.il)

The influence of wall material on the acoustics of musical wind instruments has been debated widely. While this has been examined
for some western instruments, it has been barely touched upon regarding the Australian didjeridu. This is very interesting, considering
that didjeridus vary enormously in materials and dimensions. Indeed, musicians and manufacturers alike often have very definite opin-
ions concerning the influence of material type and thickness on instrument quality. As a first step towards examining this issue, we
conducted a blind test involving three cylindrical didjeridus of identical internal dimensions: all three shared a basic structure of iden-
tical plastic tubing. However, a cement casing was cast on the exterior of one of these, bringing its weight to 17 kilograms. The three
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instruments were fixed to a stationary wooden frame, then covered so that only the mouthpieces were visible. 32 players of varying
expertise were allowed to play each instrument for as long as they wished, and then asked to judge which instrument was different from
the other two. Results indicate that the responses were random, regardless of player level. Further research will be necessary to show
whether this holds for noncylindrical bores and different internal finishings.

Contributed Paper

8:20

2aMUa2. Relationships among subjective assessments and measured
physical properties in the didjeridu. John Smith (University of New
South Wales, Music Acoustics, School of Physics, NSW 2052 Sydney, Aus-
tralia, john.smith@unsw.edu.au), Guillaume Rey (University of New South
Wales, Music Acoustics, School of Physics, NSW 2052 Sydney, Australia,
guimms@free.fr), Joe Wolfe (University of New South Wales, Music
Acoustics, School of Physics, NSW 2052 Sydney, Australia, J.Wolfe@unsw
.edu.au)

Traditional didjeridus are unusual and ancient lip-valve instruments with
an irregular bore that is largely constructed by termites eating the interiors of
small eucalypt trees. This produces instruments with a broad range of bore
geometries with many details not immediately apparent to a player. They are

therefore well-suited for examining relationships between subjective assess-
ments by players and their measured physical properties. In this study, seven
experienced players assessed 38 didjeridus that spanned a wide range of
quality, pitch and geometry. A control group of 11 plastic cylindrical pipes
were also studied. Eight subjective parameters (backpressure, clarity, reso-
nance, loudness, overtones, vocals, speed, and overall quality) were assessed
and the ranking of each instrument correlated with measurements of their
geometry and acoustic input impedance spectrum. A strong result of these
experiments was the finding that the ranked quality of a didjeridu correlated
negatively with the magnitude of its acoustic input impedance, particularly
in the frequency range from 1 to 2 kHz. Maxima in the impedance of the
player’s vocal tract would have a greater effect on instruments with a low
impedance, thus favouring the production of the varying spectral peaks or
formants in the sound envelope that characterise this instrument.
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Invited Papers

8:40

2aMUa3. A psychoacoustical investigation into the effect of wall material on the sound produced by lip-reed instruments.
James W. Whitehouse (Acoustics Research Group, DDEM, MCT Faculty, Open University, Walton Hall, MK7 6AA Milton Keynes,
UK, j.w.whitehouse@open.ac.uk), David B. Sharp (Acoustics Research Group, DDEM, MCT Faculty, Open University, Walton Hall,
MK?7 6AA Milton Keynes, UK, d.sharp@open.ac.uk)

In order to investigate whether a lip-reed instrument’s material of manufacture plays a significant role in determining the timbre of
the notes it produces, tests have been conducted on five post horns. These post horns have identical geometry but are manufactured from
different copper alloys. Using a laser Doppler vibrometer, the structural resonances of each instrument have been established and the
wall vibrations induced in each instrument when artificially blown have been measured. In this paper, these measurements are compared
with findings from a series of blindfold playing tests carried out using professional musicians and with listening tests comprising notes
produced by the different instruments.

9:00

2aMUa4. More experimental evidence favouring the hypothesis of significant wall vibration influence on radiated horn sound.
Wilfried Kausel (Inst. f. Wiener Klangstil, Univ. f. Music, Anton von Webernplatz 1, A-1030 Vienna, Austria,
kausel@mdw.ac.at), Alexander Mayer (Inst. f. Wiener Klangstil, Univ. f. Music, Anton von Webernplatz 1, A-1030 Vienna, Austria,
mayer@mdw.ac.at)

The question whether wall vibrations of wind instruments do or can affect the radiated sound has not been finally answered yet.
Instrument makers and musicians make a strong claim that wall thickness, material and conditioning are crucial factors for sound quality
and response of wind instruments, while acousticians rather tend to question that claim. Recent experiments on horns are presented
favoring the hypothesis that wall vibrations do matter. Although horn sound in general appears to change quite significantly when wall
vibrations, particularly those of the bell, are dampened during artificial playing, it becomes more and more evident that more than one
single mechanism has to be considered to explain the whole phenomenon. Radiation of the bell as multi-pole will add directivity and
strengthen higher harmonics while absorption by the wall will rather weaken them. Dynamic interaction between air column and os-
cillating bore profile theoretically depends on broken symmetry. Feedback of structural resonances to the oscillating lips can be avoided
by decoupling the mouthpiece from the instrument. Experiments and statistical evaluation have been laid out in order to exclude or
identify certain mechanisms as well as possible artifacts like changes of mouthpiece position, bore or acoustical environment caused by
damping forces.

9:20

2aMUab. Design and manufacturing of an artificial marine conch by bore optimisation. Jef Petiot (Ecole Centrale Nantes -
IRCCyN, 1 rue de la Noe, BP 92101, 44321 Nantes, France, jean-francois.petiot@irccyn.ec-nantes.fr), Francois Tavard (Ecole Cen-
trale Nantes - IRCCyN, 1 rue de la Noe, BP 92101, 44321 Nantes, France, francois.tavard@eleves.ec-nantes.fr)

The marine conch is a traditional instrument of the brass family. The resonator is made of the inner shape of the shell, with which
the lips of the player interact by the way of a hole pierced in the extremity of the shell. Several notes can be played with this instrument.
Unfortunately, the marine conch has become very rare and expensive. In order to build an artificial conch (by injection moulding), we
studied the acoustics property of a natural conch. This paper is dedicated to the description of the measurements we made on the conch,
and to the presentation of the method used to design the bore. Firstly, the input impedance of the natural conch was measured. Secondly,
the size of the bore of the natural conch was assessed by the way of pictures and image processing tools. An initial bore of the artificial
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conch was designed with a CAD software, by taking into account manufacturing constraints. We developed next an optimisation pro-
cedure to improve the harmonicity of the artificial conch. Finally, an artificial conch was next manufactured by rapid prototyping. As a
result, we noticed that the artificial conch manufactured can clearly be used as an interesting musical instrument.

Contributed Paper

9:40
2aMUab. A design strategy for brass instruments. Robert W. Pyle (S.
E. Shires Co., 11 Holworthy Place, Cambridge, MA 02138, USA, rpyle
@post.harvard.edu)

This paper describes the processes being used to design a C trumpet.
Since "one size fits all” is not a good approach for high-quality brass instru-
ments, one of the goals is to create a basic design that, with minor varia-
tions, can be tailored to meet the needs of a variety of players. There are
other goals, secondary to playing quality but nonetheless desirable. These

include appearance and mechanical reliability ("fit and finish”), ease of
manufacture (consistent quality at minimal possible cost), and ease of repair
(accidents will happen, alas!). Existing instruments provide input data to the
design process by way of physical dimensions, acoustic input impedance,
and players’ judgements. Computer modeling helps to predict the effect on
intonation of changes of bore contour. Feedback from top professional play-
ers is essential to refine the design, especially the "black magic” aspects like
brace placement and even the type of solder used to assemble the
instrument.

Invited Paper

10:00

2aMUa7. Characterisation of brass musical instrument designs using the brassiness parameter. Arnold Myers (University of
Edinburgh, Reid Concert Hall, Bristo Square, EH8 9AG Edinburgh, UK, am@ed.ac.uk)

Recent work has established a "brassiness” parameter as a measure of the support given over the sounding length of a brass instru-
ment to non-linear propagation in sound production. This parameter is a function of the geometry (bore profile) of an instrument, and
provides a useful means of relating the timbral characters to the designs of the various kinds of brass instrument. The geometries of over
1000 brass instruments belonging to museums worldwide and to individual musicians have been measured to determine the values of
their brassiness parameter. Comparisons of these enable not only a more precise taxonomy but also provide a tool for studying the
evolution of instrument design. This paper explores both the taxonomic analysis of the whole brasswind field and also gives examples

of the use of brassiness in historical research.

Contributed Paper

10:20

2aMUa8. Influence of acoustic waveguides lengths on self-sustained
oscillations:  Theoretical prediction and experimental validation.
Nicolas Ruty (Département Parole & Cognition, GIPSA-lab, 46, avenue
Félix Viallet, 38031 Grenoble Cedex, France,
nicolas.ruty@gipsa-lab.inpg.fr), Xavier Pelorson (Département Parole &
Cognition, GIPSA-lab, 46, avenue Félix Viallet, 38031 Grenoble Cedex,
France, pelorson@icp.inpg.fr), Annemie Van Hirtum (Département Parole
& Cognition, GIPSA-lab, 46, avenue Félix Viallet, 38031 Grenoble Cedex,
France, annemie.vanhirtum@gipsa-lab.inpg.fr)

Human vocal folds and lips of brass instruments players produce self-
sustained oscillations due to the interaction between airflow, acoustic
waveguides and deformable tissues. This interaction is commonly modelled
as a distributed one or two mass-spring system coupled with a simple
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airflow and acoustic description. This study focuses on the influence of the
acoustic waveguide length on the resulting self-sustained oscillation charac-
teristics, i.e. the minimum pressure required to sustain oscillations, the os-
cillation frequency. Both fixed and varying waveguide lengths are
considered. Theoretical predictions with the simplified interaction model are
compared to experimental data obtained with a deformable in-vitro replica
suitable to produce self-sustained oscillations in presence of an upstream
(12, 24 or 32cm) and downstream (varying from O up to 235cm) acoustic
waveguide. The current study shows the strong influence on the minimum
pressure regardless the waveguide length. In addition the waveguide length
is shown to impose the resonance frequency for waveguide length superior
to 40cm. A rapid change in waveguide length introduces bifurcations be-
tween different oscillation regimes.
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TUESDAY MORNING, 1 JULY 2008 AMPHI MAILLOT, 11:00 A.M. TO 4:00 P.M.

Session 2aMUb

Musical Acoustics: Interaction Between Instrument and Instrumentalist |

Gary Scavone, Cochair
Schulich School of Music, McGill University, 555 Sherbrooke Street West, Montreal, QC H3A 1E3, Canada

Xavier Boutillon, Cochair
Laboratoire de Mécanique des Solides, Ecole Polytechnique, Palaiseau Cedex, 91128, France

Invited Papers

11:00

2aMUb1l. Motor control in drumming: Influence of movement pattern on contact force and sound characteristics. Sofia Dahl
(Institute of Music Physiology and Musicians’ Medicine, Hanover University of Music and Drama, Hohenzollernstr. 47, 30161 Han-
nover, Germany, dr.sofia.dahl@gmail.com), Eckart Altenmiller (Institute of Music Physiology and Musicians’ Medicine, Hanover
University of Music and Drama, Hohenzollernstr. 47, 30161 Hannover, Germany, altenmueller@hmt-hannover.de)

Whereas wind instrumentalists and string players have a continuous control of the acoustic sound parameters during playing, a
percussionists’ direct contact with the instrument is limited to a few milliseconds. The player has no possibilities to adjust grip or
dampening during the actual contact. Whatever timbre and sound level the player is aiming for therefore has to be integrated in the
entire striking gesture. How can the player control the complex interaction between drumstick and drumhead? In order to investigate
how the players’ grip and striking gestures influence the sound characteristics of drum strokes we recorded movements, audio, contact
time and contact force during drumming. Different instructions were given with the intention to influence how the player’s grip con-
trolling the drumstick. "Normal” strokes were allowed to freely rebound from the drumhead. For "controlled” strokes the player was
asked to control the ending position of the drumstick, stopping it as close as possible to the drumhead after the stroke. Preliminary
analysis showed that the instructions influenced contact force, contact time, and perceptual ratings of the strokes. Further results and
implications will be discussed.

11:20

2aMUb2. Two dimensional finger-string interaction in the concert harp. Jean-Loic Le Carrou (Laboratoire d’Acoustique de
I’Université du Maine, Avenue Olivier Messiaen, 72085 Le Mans, France, jean-loic.le_carrou@univ-lemans.fr), Elio Wahlen (LAUM,
CNRS, Université du Maine, Lab. d’Acoustique Université du Maine, UMR CNRS 6613, 72085 Le Mans Cedex 9, France,
elio@elio.de), Emmanuel Brasseur (LAUM, CNRS, Université du Maine, Lab. d’Acoustique Université du Maine, UMR CNRS 6613,
72085 Le Mans Cedex 9, France, emmanuel.brasseur@univ-lemans.fr), Joél Gilbert (Laboratoire d’Acoustique de I’Université du
Maine, Avenue Olivier Messiaen, 72085 Le Mans, France, joel.gilbert@univ-lemans.fr)

The sound of the concert harp partly depends on the way the string is plucked. The vibrating string is brought into a state of initial
conditions by the finger-string interaction and then oscillates according to two transverse planes. In order to understand the plucking
action of the concert harp, a one-dimensional model of this interaction has been developed in a previous paper [Le Carrou et al, Proc.
ISMA (2007)]. The parameters of this model were deduced from measurements of the string’s and finger’s trajectories. The aim of the
present paper is to extend this model to a more realistic one, including a two-transverse trajectory for each one of the interaction’s
elements. To do so, a special experiment with a high-speed camera, which films the interaction, is set up. Specific image processing,
based on edges detection, helps to automatically track both objects’ positions. The results show that the finger-string interaction takes
place in two planes and permits us to obtain the parameters of the two-dimensional model for the finger-string interaction.

11:40

2aMUb3. The modern violin bow in off-string action. Knut Guettler (Norwegian Academy of Music, P.O.Box 5190 Majorstuen,
0302 Oslo, Norway, knut.guettler@nmh.no)

The convex camber of the modern Tourte-model bow permits off-string stroke techniques to be performed with resulting clean and
crisp attacks. This paper discusses how different bow-, string-, and bowing parameters must combine in order for this to be achieved.
Of particular interest are the geometrical changes imposed on the bow stick during bouncing strokes. A good spiccato bow is charac-
terized by a stick that feels "lively”, even when the bouncing is low or the hairs are not leaving the string at all. With lesser-quality bows
the player has to work harder (on the lower-pitched double bass even sometimes synchronously "shake” the bow stick in the string-
length plane) in order to induce sufficient stick oscillation. Included in this study are measurements of finger action on bow sticks of
different quality.
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Contributed Paper

12:00

2aMUb4. Observations on bow changes in violin performance.
Matthias Demoucron (IRCAM, 1 Place Igor Stravinsky, 75004 Paris,
France, demoucron@ircam.fr), Anders Askenfelt (Dept. of Speech, Music
and Hearing, Royal Institute of Technology (KTH), Lindstedtsvagen 24, SE-
100 44  Stockholm, Sweden, andersa@speech.kth.se), René E.
Causse (IRCAM, 1 Place Igor Stravinsky, 75004 Paris, France, causse
@ircam.fr)

Players of bowed instruments commonly separate notes by changing the
direction of the bow motion ("bow changes”). The separation can be made
more or less pronounced (detaché - portato - martellato). In contrast, long
notes, requiring more than a full bow stroke, are played by making the bow

changes as inaudible as possible. Acceptable bow changes require accurate
control and coordination of a set of bowing parameters, in particular bow
speed, bow force and bow-bridge distance. Long practice is required before
optimal control is achieved. Detailed descriptions of basic bowing gestures
such as bow changes are of great interest for various fields of violin-related
studies, including realistic control of synthesis algorithms. We present recent
measurements that provide an accurate description of the evolution of bow
speed, acceleration and bow force during bow changes at the tip and the
frog, respectively. Using these data for controlling a synthesis algorithm, we
will discuss how modifications of the parameters influence the bow-string
interaction and resulting string vibrations. The simulations are used to model
efficient implementations of bow changes.

Invited Paper

12:20

2aMUDb5. Extraction of lumped clarinet reed model parameters from numerically synthesised sound. Vasileios Chatziioannou
(Sonic Arts Research Centre, Queen’s University Belfast, BT7 1NN Belfast, UK, vchatziioannou01@qub.ac.uk), Maarten Van Walstijn
(Sonic Arts Research Centre, Queen’s University Belfast, BT7 1NN Belfast, UK, m.vanwalstijn@qub.ac.uk)
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Fluid dynamical analysis and time-domain modelling of a single reed-mouthpiece-lip system can be used to inform the formulation
of a lumped model of the woodwind excitation mechanism. Coupling this lumped model to a model of the instrument bore enables
computationally efficient generation of sustained oscillations, using a small number of physical parameters that define the instrument
and the way the player controls them. As such, the embouchure of the player as well as the geometry of the system is taken into account.
In this paper, an attempt is carried out to use the numerically generated sound as an input to an inversion algorithm for the reed-
mouthpiece-lip system. Assuming that the reed motion is proportional to the pressure difference across it, a relationship can be estab-
lished between the pressure and the total flow inside the mouthpiece that allows a first estimation of the physical parameters using
standard optimisation techniques. Currently we are undertaking efforts to apply the inversion to data measured under real playing con-
ditions, i.e. effectively capturing player gesture information in the form of physical control parameters.

12:40-1:40 Lunch Break

Contributed Paper

1:40

2aMUb6. How to play the first bar of Rhapsody in Blue. Jer-Ming
Chen (University of New South Wales, Music Acoustics, School of Physics,
NSW 2052 Sydney, Australia, jerming@phys.unsw.edu.au), John
Smith (University of New South Wales, Music Acoustics, School of Phys-
ics, NSW 2052 Sydney, Australia, john.smith@unsw.edu.au), Joe
Wolfe (University of New South Wales, Music Acoustics, School of Phys-
ics, NSW 2052 Sydney, Australia, J.Wolfe@unsw.edu.au)

The two-and-a-half octave glissando opening Gershwin’s Rhapsody in
Blue is one of the great icons of 20th century music and one of the best
known bars in music. Expert clarinettists combine unusual fingerings with
even more unusual configurations of their vocal tract to achieve a nearly

continuous rise in pitch. Using a novel method [1], we incorporated an
acoustic impedance measurement head within a clarinet mouthpiece, allow-
ing us to study the player’s vocal tract at various stages in the glissando. We
measured and compared vocal tract impedance spectra with the correspond-
ing clarinet impedance spectra for the fingering used at that pitch. Partially
uncovering an open finger-hole raises the frequency of clarinet impedance
peaks in the lower register, thereby allowing smooth increases in the playing
pitch. In the upper register, however, resonances in the clarinettist’s vocal
tract are manipulated to be comparable with those in the clarinet for fre-
quencies in this range. Thus the pitch in the higher section of the glissando
is largely controlled by smoothly varying a resonance of the player’s vocal
tract. [1] Chen, JM. Smith, J. and Wolfe, J., (2008) *’Experienced saxophon-
ists learn to tune their vocal tracts’’. Science, (in press).

Invited Papers

2:00

2aMUb7. Evaluating Vocal-Tract Influence in the Production of Saxophone Multiphonics. Gary Scavone (Schulich School of
Music, McGill University, 555 Sherbrooke Street West, Montreal, QC H3A 1E3, Canada, gary@music.mcgill.ca), Antoine Lefebvre
(Schulich  School of Music, MecGill University, 555 Sherbrooke Street West, Montreal, QC H3A 1E3, Canada,
antoine.lefebvre2@mail.mcgill.ca), Andrey R. Da Silva (Schulich School of Music, McGill University, 555 Sherbrooke Street West,
Montreal, QC H3A 1E3, Canada, andrey.dasilva@mail.mcgill.ca)

A new approach for the analysis of vocal-tract influence in single-reed woodwind instruments during performance was recently
reported (Scavone et. al., 2008). Two types of vocal-tract influence were observed. When the downstream air column provides only
weak support of a given note, players can use a strong and narrow-bandwidth upstream resonance to override the reed vibrations, such
as when pitch bending or playing extended register notes. Performers can also use a more wide-bandwidth upstream resonance to affect
subtle timbre variations when playing notes over the full range of the instrument. The research reported here addresses the performance
of multiphonic tones, for which the results of the previously mentioned study were less conclusive. While it is clear that upstream
influence is involved in the production of multiphonics, we are interested in determining whether performers must support a specific
intermodulation component or a wider bandwidth range of components for proper production. The latest results of this research will be
reported.
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2:20

2aMUb8. A study of flute control parameters. Benoit Fabre (Institut Jean Le Rond d’Alembert / LAM (UPMC / CNRS / Min-
istére Culture), 11, rue de Lourmel, 75015 Paris, France, fabreb@ccr.jussieu.fr), Nicolas Montgermont (Institut Jean Le Rond
d’Alembert / LAM (UPMC / CNRS / Ministere Culture), 11, rue de Lourmel, 75015 Paris, France, montgermont@Ilam
jussieu.fr), Patricio De La Cuadra (Centro de Investigacion en Tecnologias de Audio (CITA), Universidad Catdlica de Chile, Alameda
340, Oficina 13, Casilla 114-D Santiago, Chile, pcuadra@uc.cl)

The sound of musical instruments played in self-sustained oscillations can be interpreted as a sounding transposition of the player’s
gesture. The playing of wind instruments requires expert control of the blowing that may be difficult to grasp and to measure because
it induces only very little motion of the player, as opposed to string or keyboard instruments. In the case of instruments of the flute
family, the player seems to control mainly the air jet velocity for mode selection. Flutes in which the air jet is formed between the lips
also allow for a control of the total jet flow by the player, through lip adjustments. We present measurements carried on several players,
in different playing conditions. The score includes technical exercises such as scales and short musical excerpts from the flute repertoire.
Time evolutions of the control parameters are analysed, based on pressure and geometrical measurement, in the framework of the
current knowledge on the sound production in flutes, such as jet instability. The control over different parameters will be discussed, both
for basic technical exercises and in a musical melodical context.

Contributed Paper

2:40

2aMUDb9. Acoustical analysis of timbral modulations on the flute as
controlled by phonetic gestures. Maryse Lavoie (Laboratoire informa-
tique, acoustique et musique, Faculté de musique, Université de Montréal,
C.P. 6128, succursale Centre-Ville, Montréal, QC H3C 3J7, Canada,
maryse.lavoie@umontreal.ca), Caroline Traube (Laboratoire informatique,
acoustique et musique, Faculté de musique, Université de Montréal, C.P.
6128, succursale Centre-Ville, Montréal, QC H3C 3J7, Canada,
caroline.traube@umontreal.ca), Marie-Héléne Breault (Observatoire inter-
national de la création et des cultures musicales (OICCM), Faculté de mu-
sique, Université de Montréal, C.P. 6128, succursale Centre-Ville, Montréal,
QC H3C 3J7, Canada, mhbreault@yahoo.ca)

The purpose of this project is to study the control of timbre on the flute
by varying articulatory parameters (i.e. embouchure) which correspond to
distinct phonetic gestures. The main goal is to compare the production of a
specific timbral modulation on the flute and its vocal reproduction
(diphthong) by means of acoustical analyses of these sounds. The recordings
of timbral modulations performed on the flute (e.g. by increasing the mouth
opening) and reproduced vocally as diphthongs (e.g. [u] -> [a] transition)
have been analyzed acoustically for intensity as well as for the first two for-
mant trajectories. The results of the formant analyses as presented in an
F1-F2 plane reveal the cardinal vowel triangle and confirm a correlation be-
tween the flute timbre modulations and the vocal diphthongs corresponding
to the underlying phonetic gestures. In addition, a listening test has shown
that flutists are able to perceive and recognize these timbral modulations
from the sound alone.
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Invited Papers

3:00

2aMUb10. Lip control of brass instruments. Donald M. Campbell (Edinburgh University, 4201 JCMB, Kings Buildings, Mayfield
Road, EH9 3JZ Edinburgh, UK, d.m.campbell@ed.ac.uk)

Brass instruments are frequently described in the acoustics literature as "lip reed” instruments, emphasising the fact that the sounding
mechanism of this instrumental class is flow modulation by the vibration of the player’s lips. As well as providing the source of sound,
the lips act as the major interface through which the performer controls the intonation, dynamics, articulation and timbre of the
performance. Indeed, on instruments such as the natural trumpet and the alphorn, the player’s lips form the only control interface. This
paper reviews recent studies which have examined the vibrational properties of brass players’ lips, the types of motion which they
undergo when playing different instruments, and the nature of the interaction between the lips and the instrument. It also considers the
extent to which current physical models of the lips are capable of encompassing these control processes.

3:20

2aMUb11. Vocal tract interactions in saxophone performance. Jer-Ming Chen (University of New South Wales, Music Acous-
tics, School of Physics, NSW 2052 Sydney, Australia, jerming@phys.unsw.edu.au), John Smith (University of New South Wales,
Music Acoustics, School of Physics, NSW 2052 Sydney, Australia, john.smith@unsw.edu.au), Joe Wolfe (University of New South
Wales, Music Acoustics, School of Physics, NSW 2052 Sydney, Australia, J.Wolfe@unsw.edu.au)

Although acousticians have debated the importance of the vocal tract in reed instrument performance, expert saxophonists report
adjusting their vocal tract for advanced techniques including altissimo playing, subtone playing, bugling and multiphonics. Using a
novel method [1], we incorporated an acoustic impedance head within a saxophone mouthpiece to study the vocal tract directly during
playing. For fingerings above the first register, the operating peak in the saxophone’s input impedance decreases with increasing pitch,
falling to below 20 MPa.s.m™ after 2.7 octaves, thus ending the standard range that is readily available to amateurs. Above this, in the
altissimo, professional saxophonists produce peaks in the impedance of their tracts of about 20 to 40 MPa.s.m™, which they tune to
select the desired note. The crossover of the relative magnitudes of saxophone and tract impedance peaks coincides with the transition
from standard to altissimo register. While professionals use the vocal tract thus for other extended effects, inexperienced players do not
tune their tract resonances and are unable to produce advanced effects. [1] Chen, JM. Smith, J. and Wolfe, J., (2008) *’Experienced
saxophonists learn to tune their vocal tracts’”. Science, (in press).
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Contributed Paper

3:40
2aMUb12. Reproducibility  of  piano playing. Nicolas
Principeaud (Laboratoire d’Acoustique Musicale, 11 rue de Lourmel, 75015
Paris, France, nicolas.principeaud@free.fr), Xavier Boutillon (Laboratoire
de Mécanique des Solides, Ecole Polytechnique, 91128 Palaiseau Cedex,
France, boutillon@Ims.polytechnique.fr)

Mechanically, piano playing consists in giving to the hammer a certain
escapement velocity at a certain time - t, v, - by means of a traditional key-
board and piano action. Numerous replacement systems for the keyboard,
action or even for the pianist’s finger have been proposed. They implicitly
raise the question of the accuracy with which the (t,, v,) information must be

TUESDAY MORNING, 1 JULY 2008

coded or reconstructed. The precision with which pianists are able to repro-
duce their playing sheds some light on this question. At this end we have
asked several concert pianists to play the same passage several times with
the highest reproducibility level they could achieve. The experiment was
done on a traditional grand piano equipped with the Yamaha Disklavier sys-
tem, used as a measurement tool for the escapement velocity of the
hammers. The beginnings of a fugue by Bach and a study by Debussy were
recorded. Results show that the reproducibility varies highly from note to
note and can be as good as approximately 1%. Additional tests on auditors
show that deviations on note amplitudes are not perceived unless they reach
a level which turns out to be significantly higher than the reproducibility
level achieved by the pianists.

ROOM 250A, 8:00 A.M. TO 8:00 P.M.

Session 2aNSa

Noise, Physical Acoustics, and EURONOISE: Aeroacoustics 11

Philip J. Morris, Cochair
Penn State University, 233C Hammond Building, University Park, PA 16802, USA

Christophe Bailly, Cochair
Ecole Centrale de Lyon, 36, avenue Guy de Collongue, LMFA, Ecully, 69134, France

Contributed Papers

8:00
2aNSal. Source location prediction of subsonic isothermal jet flows.
Juan Battaner-Moro (Institute of Sound and Vibration Research, University
of Southampton, University Road, SO17 1BJ Southampton, UK,
jpb@isvr.soton.ac.uk), Mahdi Azarpeyvand (Institute of Sound and Vibra-
tion Research, University of Southampton, University Road, SO17 1BJ
Southampton, UK, ma@isvr.soton.ac.uk), Rod Self (Institute of Sound and
Vibration Research, University of Southampton, University Road, SO17 1BJ
Southampton, UK, rhs@isvr.soton.ac.uk)

The location of jet noise sources is a far from trivial problem that is of
great importance for both understanding the noise production and radiation
mechanisms and also for finding new jet noise reduction strategies. This pa-
per presents comparisons of theoretical results with data for a number of
jets. The theory used is based on the MGBK method but including a novel
time scale based on the rate of energy transfer through the turbulent cascade.
This new technique has been shown to give a number of advantages over
existing models. The experimental results were obtained using the Polar
Correlation Technique and were made at QinetiQ’s Jet Noise Facility in the
UK as part of the EU FP6 programme CoJeN. The high resolution jet noise
images resulted from using a 64 microphone polar arc array set at two ref-
erence angles, namely 60 and 90 degrees to the jet axis. Comparisons with
experimental data are made for coplanar and short cowl nozzles at different
working conditions for predictions from different theoretical models. It is
shown that the best agreement is obtained for the prediction methodology
using the energy transfer rate timescale

8:20
2aNSa2. A hybrid method for jet noise predictions based on Large
Eddy Simulation and Reynolds-Averaged Navier-Stokes simulations.
Guillaume Bodard (Snecma Villaroche, Rond point René Ravaud, 77550
Moissy-Cramayel,  France,  guillaume.bodard@snecma.fr), Christophe
Bailly (Ecole Centrale de Lyon, 36, avenue Guy de Collongue, LMFA,
69134 Ecully, France, christophe.bailly@ec-lyon.fr)

A hybrid jet noise prediction method combining steady and unsteady
flow calculations is discussed. The main objective is to merge advantages of
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each technique to obtain a robust acoustic prediction tool, which will be able
to correctly evaluate design and installation effects such as chevron nozzles
or jet-pylon interaction for instance. The low-frequency component of
acoustic spectra is computed using large-eddy simulations and the integral
formulation derived by Ffowcs-Williams & Hawkings (1969, Phil. Trans.
Roy. Soc. Lond., vol. 264). The high-frequency component associated with
fine scale turbulence is obtained thanks to Tam & Auriault’s mixing noise
theory (1999, AIAA Journal, vol. 37) from Reynolds-Averaged Navier-
Stokes simulations. The oral presentation will detail the two methods, the
LES simulations for subsonic round single and coaxial jets, and the match-
ing between the two approaches to get a complete picture of the acoustic
spectra.

8:40
2aNSa3. Efficiency of optimized microjets on realistic nozzles.
Alexandre Vuillemin (Snecma, Etablissement de Villaroche Sud, Rond-
point René Ravaud - Réau, 77550 Moissy-Cramayel, France, alexandre
.vuillemin@snecma.fr)

Even if chevrons nozzles are an efficient way to reduce jet noise during
take off, they also decrease performances during cruise. An innovative way
to avoid this decrease is the use of active devices that could be switch off
after take off, such as microjets nozzles. Snecma led test campaigns at Mar-
tel Facility (LEA/CEAT) to optimize microjets settings (geometric and ther-
modynamic parameters) and to characterize their efficiency on both 2D axi-
symmetric and chevrons nozzles. Acoustic and PIV measurements were
done on a single stream hot jet with and without external flow, and on a
double stream hot jet with pylon.

9:00
2aNSa4. Numerical investigation of the effect of nonlinear propagation
distortion on helicopter noise. Penelope Menounou (University of Patras,
Department of Mechanical and Aeronautical Engineering, Rion, 26504
Patras, Greece, menounou@mech.upatras.gr), Panagiotis

Acoustics’08 Paris S157

p=
<
L
)
—
@
N




Vitsas(University of Patras, Department of Mechanical and Aeronautical En-
gineering, Rion, 26504 Patras, Greece, pvitsas@upnet.gr)

Nonlinear propagation distortion causes energy to be shifted to the high
frequency end of the spectrum. This leads to underestimation of the noise
levels at high frequencies. The effect has been demonstrated in the case of
aircraft noise, but less attention has been given to helicopters. In the present
work, the effect of nonlinear propagation distortion on helicopter noise is
demonstrated based on measured data for low-speed descent and numerical
calculations that predict the noise level away from the helicopter with and

without nonlinear effects. It is shown that (i) for some frequency bands the
difference between linear and nonlinear calculations can be as high as 8 dB,
(i) frequencies between 1000 and 3000 Hz are more affected, and (iii) the
effect is highly directional depending on the receiver location around the
helicopter. It is further shown that nonlinear effects manifest themselves dif-
ferently than in the case of aircraft noise and that they depend on the specific
helicopter noise mechanism. More specifically, the following helicopter-
specific noise source types are investigated with regards to nonlinear effects:
advancing Blade Vortex Interaction (BVI) noise vs retreating BVI noise,
High Speed Impulsive noise, and BVI vs Very Impulsive noise.

Invited Papers

9:20

2aNSa5. Recent developments in helicopter rotor noise prediction. Kenneth S. Brentner (Penn State University, 233C Hammond
Building, University Park, PA 16802, USA, ksb16@psu.edu)

Prediction of discrete frequency noise for rotorcraft in steady flight has reached a high level of sophistication and understanding. The
primary challenge in such rotor noise predictions is the accurate determination of the loading on and flow field around the blades.
Although current rotor noise prediction tools have been demonstrated for steady flight conditions, the utility of rotorcraft comes from
their unique ability to hover and maneuver. Such maneuvers often occur near the ground in close proximity to people. This paper
describes an initial study to characterize maneuver noise. A maneuver noise prediction system has been developed, which consists of a
flight simulation code, free-vortex wake code, and a maneuver noise prediction code, loosely coupled together. One of the key aspects
of this system is the ability to investigate the additional noise caused during the transition from one flight state to another. Several
maneuvers including turns, accelerations, and pop-up/popdown maneuvers were considered. Significant increases in the low-frequency
noise can occur, depending on how aggressive the maneuver is performed. The status of advanced research on predicting acoustic
scattering of the rotor noise by the aircraft and the first-principles prediction of rotor broadband noise will also be presented.

9:40

2aNSa6. Aeroacoustic research complex for aircraft source noise characterization. Micah Downing (Blue Ridge Research and
Consulting, 13 1/2 W. Walnut St., Asheville, NC 28801, USA, micah.downing@blueridgeresearch.com), Robert McKinley (Air Force
Research  Laboratory, AFRL/RHCB, 2610 Seventh St, Bldg 441, Wright-Patterson AFB, OH 45433, USA,
Robert.McKinley@wpafb.af.mil), John Hall (Air Force Research Laboratory, AFRL/RHCB, 2610 Seventh St., Bldg 441, Wright-
Patterson AFB, OH 45433, USA, John.Hall@wpafb.af.mil), Frank Mobley (Air Force Research Laboratory, AFRL/RHCB, 2610 Sev-
enth St., Bldg 441, Wright-Patterson AFB, OH 45433, USA, Frank.Mobley@wpafb.af.mil), Michael James (Blue Ridge Research and
Consulting, 13 1/2 W. Walnut St., Asheville, NC 28801, USA, michael.james@blueridgeresearch.com)

Aircraft noise has been traditionally measured with either a few ground-based microphones or a linear ground-plane array of
microphones. These techniques capture one-dimensional and/or two-dimensional characteristics of aircraft flight noise. The US Air
Force Research Laboratory has started the construction of a 3-dimensional measurement facility at White Sands Missile Range in New
Mexico. This facility, the Aeroacoustic Research Complex (ARC), will allow aircraft to fly through the array, collecting fully 3D acous-
tic data. ARC is initially being developed in two phases The first phase includes two 91.4 m tall towers separated by 244 m and will
focus on noise from rotary wing and UAV aircraft. The second phase will add two 366 m tall towers separated by 610 m and will focus
on large and high performance fixed wing aircraft. This facility will allow more accurate characterization of in-flight noise directivity
by providing synchronized 3-dimensional magnitude & spectral acoustical signatures from 50+ microphones. ARC responds to a criti-
cal need for validation of existing predictive acoustic models. Such models are used for aircraft design, survivability, nonlinear acoustic
propagation research and assessing noise exposure to residents living adjacent to airfields.

10:00-10:20 Break

Contributed Papers

10:20
2aNSa7. Lateral directivity of aircraft noise. Walter Krebs (Empa, Ue-
berlandstrasse 128, 8600 Duebendorf, Switzerland, walter.krebs
@empa.ch), Georg Thomann (Empa, Ueberlandstrasse 128, 8600 Dueben-
dorf, Switzerland, georg.thomann@empa.ch)

A three-dimensional model was developed to characterise the directional
sound emission of different aircraft. The model is based on spherical har-
monics and defines the directional spectral sound pressure level at a refer-
ence distance. The parameters of the model are derived from acoustic mea-
surements on real aircraft traffic. With the help of this model different
physical effects on sound propagation and sound impact are analysed. Varia-
tions with respect to a rotational symmetric sound emission are outlined and
compared to the engine installation corrections proposed in the revised Doc
29 3rd edition. In addition the influence of the ground effect on A-weighted
sound levels is analysed for different receiver heights and ground
impedances.
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10:40
2aNSa8. Sonic booms, spectral analysis, and diffraction by buildings.
Victor W. Sparrow (Penn State, Graduate Program in Acoustics, 201 Ap-
plied Science Bldg., University Park, PA 16802, USA, vws1@psu.edu)

An analysis has been performed upon conventional and low-amplitude
N-wave sonic boom data taken by NASA outside two houses in June 2006
and July 2007. The buildings were one-floor residences which were care-
fully instrumented with strategically-placed, multiple microphones. The in-
cident sonic booms had a substantial variation in rise times, most likely due
to atmospheric effects. Previous work using the June 2006 data [Sparrow,
Klos, and Buehrle, J. Acoust. Soc. Am. 122 (5, Pt. 2) 3084] revealed maxi-
mum pressure loads near the ground and wall facing the incident boom. A
new spectral analysis of the individual booms now confirms that the diffrac-
tion of sound over the house tops is substantially affected by the spectral
content of each boom. These results indicate that the pressure loading of
homes due to conventional or low-amplitude sonic boom will be affected by
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both the spectral content of each boom’s rise phase and each house’s exte-
rior geometry. [Work supported by NASA.]

11:00
2aNSa9. Identification of aerodynamic sound sources: the key problem
in noise control. Alexander Fedorchenko (Independent Researcher/Con-
sultant, Dm. Ul’yanov Str. 27/12-1-50, 117449 Moscow, Russian Federa-
tion, fedorchenko@mail.com)

Despite the recent advances in the noise control technology, the key
mechanisms of aerodynamic sound emission remained poorly studied. The
"well-recognized” methods of TCAA did not lead to any breakthrough in this
topical problem, and what seems most disappointing, the family of "acoustic
analogies” is still used by many for definition of aerodynamic noise sources,

though the sufficient set of mathematical proofs has been given by the au-
thor that this model is wrong. Experimental approaches aimed at localization
of aerodynamic noise sources, including the method of acoustic imaging via
using a microphone array, are considered, and their inherent limitations are
pointed out. Unfortunately, no current experimental technique enables one to
measure instantly all sound sources and sound disturbances inside the zone
of generation, and so the latter is often regarded as a kind of "black box”.
The two-medium nonlinear theory of aerodynamic sound, based on the
original decomposition of each flow variable into two components, for un-
steady background flow and for acoustic field, has been created, that pro-
motes better comprehension of the noise generation phenomena and opens
new ways in flow/noise control. The main properties of this theory are now
indicated in comparison with the most detrimental delusions originated from
"acoustic analogies”.

Invited Paper

11:20

2aNSal0. Direct aeroacoustic simulations based on domain decompositions. Jens Utzmann (University of Stuttgart, Institute for
Aerodynamics and Gasdynamics, Pfaffenwaldring 21, 70569 Stuttgart, Germany, utzmann@iag.uni-stuttgart.de), Claus-Dieter Munz
(University of Stuttgart, Institute for Aerodynamics and Gasdynamics, Pfaffenwaldring 21, 70569 Stuttgart, Germany, munz@iag.uni-

stuttgart.de)

For CAA, an accurate and feasible direct simulation that considers both the generation of sound within the flow and its propagation
into the far-field is hard to realize with one numerical method in a single computational domain. On the other hand, a direct approach
contains automatically the interaction of the acoustic perturbations with the flow-field, a property which lacks the popular acoustic
analogy models. The proposed method is basically a direct simulation, but it simplifies the problem that has to be solved for individual
regions in the computational domain. The idea is to use a non-overlapping domain decomposition method where the equations, methods,
grids and even the time steps are adapted to meet the local requirements. Inside the coupling framework, high-order solvers from dif-
ferent classes of methods are available: On unstructured grids, a reconstructed ADER finite volume method (ADER-FV) is used for
linear and nonlinear problems, as well as a discontinuous Galerkin method. On structured grids, the ADER-FV and the ADER-FD
method are efficiently implemented for nonlinear (FV) and linear (FV, FD) problems. These high-order accuracy methods ensure ex-
cellent wave propagation capabilities throughout the entire computational domain. In the subdomains, the Navier-Stokes, Euler and the

linearized Euler equations are solved.

Contributed Papers

11:40

2aNSall. Direct Noise Computation in subsonic and transonic flows.
Frédéric Daude (LaMSID UMR EDF/CNRS, 1 avenue du Général de
Gaulle, 92141 Clamart, France, frederic-externe.daude@edf.fr), Thomas
Emmert (LaMSID UMR EDF/CNRS, 1 avenue du Général de Gaulle,
92141 Clamart, France, tommem@gmail.com), Philippe Lafon (EDF, 1,
avenue du  Général de Gaulle, 92141  Clamart, France,
Philippe.lafon@edf.fr), Fabien Crouzet (EDF, 1, avenue du Général de
Gaulle, 92141 Clamart, France, fabien.crouzet@edf.fr), Christophe
Bailly (Ecole Centrale de Lyon, 36, avenue Guy de Collongue, LMFA,
69134 Ecully, France, christophe.bailly@ec-lyon.fr)

In order to model flow phenomena involving interactions between aero-
dynamics and acoustics, it is necessary to use Direct Noise Computation
(DNC) instead of hybrid methods that are not suitable to take into account
the feedback of acoustics on the flow. The methods that are now available in
the field of Computational AeroAcoustics (CAA) allows us to deal with
DNC in realistic configurations. The numerical code SAFARI (Simulation of
Aeroacoustics in Fluids And with Resonance and Interactions) has been de-
veloped for this goal. The set of equations are the compressible 3-D Navier-
Stokes equations. High order finite difference schemes are used. Multido-
main capabilities are implemented in order to deal with complex geometries.
Block decomposition is used in order to take advantage of parallel process-
ing on large clusters Validation cases are presented: diffraction by a cylinder,
shock tube. Results on realistic configurations are also shown: ducted cavity,
transonic sudden enlargment, airfoil interactions.

12:00
2aNSal2. Asymptotic expressions for the directivity of round jets.
Ricardo E. Musafir (UFRJ / COPPE, Universidade Federal do Rio de Jan-
eiro, 21941-972 Rio de Janeiro, Brazil, rem@serv.com.ufrj.br)

Expressions for the directivity of round jets, in the high and low fre-
quency limits, are derived, based on solutions of Lilley’s equations. Two
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different forms of the equation in what concerns source terms representation
are considered, along with general point sources of the appropriate type (i.e.,
equivalent stress and force sources and also, when necessary, volume
sources), which are assumed to be statistically axisymmetric. Effects of
mean shear and temperature gradients are accounted for, as well as of source
movement. The expressions are compared with earlier ones, based on a plug
flow model. The differences in the resulting expressions due to the choice of
source description, which are relevant for hot jets, are discussed and used to
derive a form consistent with both representations. Comparison with experi-
mental data is also presented.

12:20

2aNSal3. Investigations of roughness-generated TBL sound using
coupled physical-computational experiments in conjunction with
theoretical development. William Blake (Naval Surface Warfare Center
(Ret.), 6905 Hillmead Road, Bethesda, MD 20817, USA,
hydroacoustics@aol.com), Ki-Han Kim (Office of Naval Research, Ran-
dolph St., Arlington, VA 22202, USA, kihan.kim@navy.mil), Michael
Goody (Naval Surface Warfare Center (Ret.), 6905 Hillmead Road, Be-
thesda, MD 20817, USA, michael.goody@navy.mil), Meng
Wang (University of Notre Dame, Departmernt of Aerospace and Mechani-
cal Engineering, Notre Dame, MD 46556, USA, m.wang@nd.edu), William
J. Devenport (Virginia Tech, Aerospace and Ocean Engineering, 224E Ran-
dolph Hall, Blacksburg, VA 24061, USA, devenport@vt.edu), Stewart A.
Glegg (Florida Atlantic University, Department of Ocean Engineering,
Boca Raton, VA 33431, USA, glegg@oe.fau.edu)

Sound produced by turbulent-boundary layers (TBL) over rough walls is
being studied in a series of physical-computational experiments. At issue is
the development of a knowledge of how the wall elements generate flow
dipoles which directly determines how the sound is described in terms of
dependent variables. The considered mechanisms include dipoles at the
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roughness elements due to their shed wakes, distributed surface dipoles due
to convecting turbulence impinging onto elements, Rayleigh-like scattering
into sound of aerodynamic pressures of hydrodynamic wave numbers of
flow above the roughness. The LES of rough-wall TBL consists of "numeri-
cal” experiments being used to isolate the separate mechanisms. These simu-
lations are benchmarked with analysis and with matching physical experi-
ments on rough wall patches in which identical geometries of wall

roughness and identical Reynolds numbers are used. In the physical mea-
surements, array-based measurements of the radiated sound are being used
to characterize the directivity and magnitude of the sound and to relate the
sound to aerodynamic wall pressure and to classical characteristics of the
turbulent boundary layer. The LES produces comparison for both radiated
sound and detailed flow structure around the roughness elements. This
project is funded by the Office of Naval Research, Washington, D.C., USA.

12:40-2:00 Lunch Break

Contributed Paper

2:00

2aNSal4. Experimental investigation of sound from flow over a rough
surface. Michael Goody (Naval Surface Warfare Center (Ret.), 6905 Hill-
mead Road, Bethesda, MD 20817, USA, michael.goody@navy.mil), Jason
Anderson (Naval Surface Warfare Center (Ret.), 6905 Hillmead Road, Be-
thesda, ™MD 20817, USA, Jason.M.Anderson@navy.mil), Devin
Stewart (Naval Surface Warfare Center (Ret.), 6905 Hillmead Road, Be-
thesda, MD 20817, USA, Devin.Stewart@navy.mil), William Blake (Naval
Surface Warfare Center (Ret.), 6905 Hillmead Road, Bethesda, MD 20817,
USA, hydroacoustics@aol.com)

Measurements of radiated noise and unsteady surface pressures have
been carried out in order to better understand the mechanism for sound pro-
duction from flow over a rough surface. In order to investigate scaling re-

lationships, the flow speed, roughness height, geometry and element distri-
bution were varied systematically. When considered in total, previous
investigations do not present a consistent picture of the scaling behavior of
roughness noise, or the underlying physical mechanism. They have reported
roughness noise levels that scale on flow velocity, roughness height, and
fetch area and have indicated that the sound production may be dipole or
quadrupole in nature. Prevailing analytical models assume that both dipole
and quadrupole sources are present. The scaling of roughness noise for large
roughness height has not been investigated previously and is part of the cur-
rent study. A recent developed scattering model (dipole) developed by Glegg
et al is interrogated using detailed measurements of the roughness element
height distribution, turbulent boundary layer properties, and array-based ra-
diated sound levels.

Invited Paper

2aNSal5. On the sound generated by boundary-layer vorticity. Umberto lemma (University Roma Tre, via vasca navale 79,
00146 Rome, Italy, u.iemma@uniroma3.it), Luigi Morino (via vasca navale 79, 00146 Roma, Italy, l.morino@uniroma3.it), Roberto

Camussi

(University Roma Tre, via vasca navale 79, 00146 Rome, ltaly, camussi@uniroma3.it), Giovanni Caputi Gennaro

(University Roma Tre, via vasca navale 79, 00146 Rome, ltaly, gcaputi@uniroma3.it)

Turbulent boundary layers generate broadband noise as the effect of vortical-disturbances scattering into acoustic waves. The paper
presents a formulation for evaluating of acoustic pressure in the field in terms of the transpiration velocity, here defined in terms of
vorticity and closely related to Lighthill equivalent source. Specifically, the formulation used allows one to obtain, in the frequency
domain, a matrix relationship between the transpiration velocity at a number of points on the body surface (those arising from boundary-
element discretization) and the pressure at given points in the irrotational region. From this, the relationship between the corresponding
PDF is easily obtained using the Wiener-Khintchine theorem. The paper will include the general formulation, validating numerical
results, and comparison with experimental data. The inverse problem, that is, determining the source intensity on the body surface from
field noise (in particular, the invertibility of the operator), will be also addressed.

Contributed Papers

2:40

2aNSal6. A numerical study on multimode sound propagation in lined
ducts and radiation to the far field. Rie Sugimoto (ISVR, University of
Southampton, Highfield, SO17 1BJ Southampton, UK, rs@isvr.soton.ac.uk)
, R Jeremy Astley (ISVR, University of Southampton, Highfield, SO17
1BJ Southampton, UK, rja@isvr.soton.ac.uk), Claire R. McAleer (ISVR,
University of Southampton, Highfield, SO17 1BJ Southampton, UK,
crm@soton.ac.uk), lansteel Achunche (ISVR, University of Southampton,
Highfield, SO17 1BJ Southampton, UK, ial@isvr.soton.ac.uk)

In previous articles, the authors developed a hybrid scheme for analysing
bypass duct noise, in which a numerical analysis using finite element
method for in-duct propagation and an analytic radiation code with fully
represented effects of bypass shear layer are coupled. Such procedure per-
mits detailed study on the interaction between duct configurations, such as
geometry and acoustic liner impedances, and modal propagation and attenu-
ation, and also the effects on the radiation pattern, within practical timescale
and at modest computational cost. The scheme has been applied to realistic
aero-engine bypass ducts and has been integrated with an optimisation
programme. The numerical results obtained so far have revealed that for
ducts with acoustic liners highly attenuated modes are not necessarily those
with high mode angles, which is contrary to general anticipation. The aim of
the study in the current paper is to understand the physics behind this phe-
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nomenon and its effect on the radiation to the far field. Detailed investiga-
tion on modal attenuation is performed by using the hybrid scheme. The ef-
fect of modal power distribution at the duct exit on the directivity pattern of
the radiated noise to the far field is also discussed.

3:00

2aNSal7. Modeling of sound propagation in nonuniform waveguides.
Wenping Bi (Laboratoire d’Acoustique de I’Université du Maine, UMR
CNRS 6613, AV. O. Messiaen, 72085 Le Mans, France,
wenping.bi@univ-lemans.fr), Vincent Pagneux (Laboratoire d’Acoustique
de I’Université du Maine, UMR CNRS 6613, AV. O. Messiaen, 72085 Le
Mans, France, vincent.pagneux@univ-lemans.fr), Denis
Lafarge (Laboratoire d’Acoustique de I’Université du Maine, Avenue
Olivier Messiaen, 72085 Le Mans, France,
denis.lafarge@univ-lemans.fr), Yves Aurégan (Laboratoire d’Acoustique
de I’Université du Maine, Avenue Olivier Messiaen, 72085 Le Mans,
France, yves.auregan@univ-lemans.fr)

Sound propagation in waveguides is modeled by a Multimodal Method.
The waveguides geometries may involve bends, variable cross-sections, or
their combinations. The waveguide boundaries may involve axially or cir-
cumferentially nonuniform impedance conditions or acoustically rigid
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conditions. Uniform flow may also be included for a simple uniform
geometry. The pressure (displacement potential for uniform flow) is ex-
panded in terms of the modes of acoustically rigid waveguides and an ad-
ditional function that carries the information about the impedance boundary.
The rigid waveguide modes and the additional function are known a priori
so that calculations of the true modes of waveguides with impedance bound-
ary, which are difficult, are avoided. By matching the pressure and axial ve-
locity (displacement potential and axial derivative for uniform flow) at the
interface between different axially uniform segments, scattering matrices are
obtained for each individual segment; these are then combined to construct
a global scattering matrix for multiple segments. After calculating the scat-
tering matrix, the transmitted and reflected sound fields or intensities may be
obtained for any kind of modal sources. The method allows modeling sound
propagation in waveguides with axially and circumferentially nonuniform
impedance boundaries up to dimensionless frequency K=70 in just hours on
a personal computer, which advantageously compares with other techniques.

3:20
2aNSal8. An Active Network Representation to Predict the Flow Noise
Characteristics of Corrugated Ducts. Wim De Roeck (K.U.Leuven -
Dept. of Mechanical Engineering, Celestijnenlaan 300B - bus 2420, 3001

Heverlee, Belgium, wim.deroeck@mech.kuleuven.be),Vasilisa
Solntseva (Andreev Acoustics Institute, Shvernik, 4, Moscow, 117036 Mos-
cow, Russian Federation, mironov@akin.ru), Wim Desmet (K.U.Leuven -
Dept. of Mechanical Engineering, Celestijnenlaan 300B - bus 2420, 3001
Heverlee, Belgium, Wim.Desmet@mech.kuleuven.be)

In this paper, an active network representation is used to numerically
predict and gain more insight in the internally generated flow noise sources
in corrugated ducts (the active bi-port component) as well as to describe the
acoustic transmission characteristics of this type of application (the passive
bi-port components) in the presence of a non-uniform mean flow. For this
purpose a numerical approach is chosen, using compressible Large Eddy
Simulations (LES) to predict the noise generation mechanisms and Linear-
ized Euler Equations (LEE) with a plane pulse excitation to obtain the trans-
mission characteristics for these components. The accuracy of the active net-
work component determination is increased by separating the aerodynamic
and the acoustic fluctuating field of the LES using both an aerodynamic/a-
coustic splitting technique and multiple plane mode-matching strategies. In
this way, a numerical method is proposed to analyze the flow-acoustic be-
havior of corrugated tubes, which can be generally used for all types of duct
system applications.

3:40-5:20 Posters
Lecture sessions will recess for presentation of posters on various topics in acoustics. See poster sessions for topics and abstracts.

Contributed Papers

5:20
2aNSal9. \Validation of a hybrid method of aeroacoustic noise
computation applied to internal flows. Meélanie Piellard (Delphi Ther-
mal, Avenue de Luxembourg, 4940 Bascharage, Luxembourg,
melanie.piellard@delphi.com), Christophe Bailly (Ecole Centrale de Lyon,
36, avenue Guy de Collongue, LMFA, 69134 Ecully, France, christophe
.bailly@ec-lyon.fr)

A hybrid method of aeroacoustic noise computation based on Lighthill’s
acoustic analogy is first validated, and then applied to investigate the noise
radiated by a low Mach number flow through a diaphragm in a duct. The
simulation method is a two-step hybrid approach relying on Lighthill’s
acoustic analogy, assuming the decoupling of noise generation and
propagation. The first step consists in an incompressible Large Eddy Simu-
lation of the turbulent flow field, during which the Lighthill’s source term is
recorded. In the second step, a variational formulation of Lighthill’s Acous-
tic Analogy using a finite element discretization is solved in the Fourier
space. The validation of this method is briefly presented: a general valida-
tion is performed on the case of two corotating vortices in a medium at rest;
the exit of turbulent structures from the computational domain is accounted
for by a spatial filtering; and a study of spatial interpolation from the CFD
mesh to the acoustic mesh shows an acceptable level of error. This method
is applied to a three-dimensional diaphragm with low Mach number flow,
showing good agreement with both experimental results and Direct Noise
Computation performed by Gloerfelt & Lafon (Computers & Fluids, 2007).

5:40
2aNSa20. Numerical strategies for investigation of gust-airfoil
interaction. Florent Margnat (Arts et Métiers Paris Tech - Sinumef Lab,
151 bd de [I’Hopital, 75013 Paris, France, florent. margnat@paris
.ensam.fr), Thomas Le Garrec (Arts et Métiers Paris Tech - Sinumef Lab,
151 bd de I’Hopital, 75013 Paris, France, thomas.le-garrec@paris
.ensam.fr), Djaafer Fedala (Lab. d’Energétique et de Mécanique des Flu-
ides Interne, Arts et Métiers ParisTech, 151 boulevard de I’Hépital, 75013
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Paris, France, djaafer.fedala@paris.ensam.fr),Xavier Gloerfelt(Arts et
Meétiers Paris Tech - Sinumef Lab, 151 bd de I’Hopital, 75013 Paris, France,
xavier.gloerfelt@paris.ensam.fr), Smaine Kouidri (LIMSI-CNRS, BP 133,
91403 Orsay Cedex, France, smaine.kouidri@limsi.fr)

The noise generated by the interaction between a gust and an airfoil in a
uniform flow is investigated. This problematic is of major industrial interest,
regarding fans, turbomachinery, or wind turbine applications. A two-
dimensional symmetric Joukowski-type airfoil is immersed without inci-
dence in a flow at Mach number 0.5, disturbed by a harmonic gust at 45° of
incidence (4th CAA Workshop on Benchmark Problems, 2004). Our meth-
odology is first to perform a high-order direct resolution of Euler’s equations
of the disturbed flow over the airfoil and the associated acoustic emission,
which is taken as a reference simulation. Second, the near aerodynamic field
is simulated with Fluent 6.3 solver based on finite volume method with
second-order schemes. The aerodynamic data thus obtained are used for far
field acoustic prediction, based on Ffowcs Williams and Hawkings analogy.
Finally, following another hybrid approach, the noise is predicted by using
integral formulations with source field from the DNS. The aim of the study
is to provide insight into the efficiency and validity of these numerical strat-
egies commonly used. Comparisons with results of the CAA workshop are
given, covering various wavenumbers values.

6:00
2aNSa2l. A stochastic source model for turbulent noise prediction
including sweeping time dynamics. Malte Siefert (German Aerospace
Center, Lilienthalplatz 7, 38108 Braunschweig, Germany,
malte.siefert@dIr.de), Roland Ewert (DLR/Institute of Aerodynamics and
Flow Technology, Lilienthalplatz 7, 38108 Braunschweig, Germany, Roland
.Ewert@dlr.de)

We extend a low-cost computational aeroacoustic approach by taking
into account temporal effects of the modeled turbulent flow. As the noise
production is determined by the turbulent frequency spectrum rather than
the wavenumber spectrum, temporal properties of the turbulent flow play a
role in many cases. We focus on the most dominant temporal effect, on
sweeping, i. e. the advection of inertial range structures by the energy con-
taining large scales. By introducing a feedback-mechanism of the turbulent
field onto itself, we are able to incorporate this effect in the fast random
particle method, which was successfully applied to different cases such as
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slat noise, jet noise and others. It is shown that sweeping reproduces impor-
tant properties of spatio-temporal correlations of the turbulent flow, which
are not grasp by most turbulence-models. The influence on the sound gen-
eration will be discussed for aeroacoustic simulations of jet and trailing edge
noise.

6:20

2aNSa22. Aeroacoustic simulation based on linearized Euler equations
and stochastic sound source modelling. Hervé Dechipre (Volkswagen
AG, Brieffach 1777, 38436 Wolfsburg, Germany,
herve.dechipre@volkswagen.de), Michael Hartmann (Volkswagen AG,
Brieffach 1777, 38436 Wolfsburg, Germany, michael.Hartmann2
@volkswagen.de), Jan W. Delfs (DLR/Institute of Aerodynamics and Flow
Technology, Lilienthalplatz 7, 38108 Braunschweig, Germany,
jan.delfs@dlr.de), Roland Ewert (DLR/Institute of Aerodynamics and
Flow Technology, Lilienthalplatz 7, 38108 Braunschweig, Germany, Roland
.Ewert@dlr.de)

In order to continually improve passenger car acoustic comfort, effective
methods are needed to simulate the noise generated by external flows as
well as the noise produced by duct flows in HVAC systems. The present
paper illustrates the use of two methods based on the Linearized Euler equa-
tions and derivatives thereof to compute the acoustic field. The two methods
implemented in the DLR’s aeroacoustic code PIANO are the introduction of
a perturbation (vortex) in the flow and the stochastic sound source modelling
by Ewert. The application considered by this study is the noise produced by
a flat plate in a two-dimensional duct at a thickness related Reynolds num-
ber of 1300. Different sizes and edge shapes of the flat plate have been
tested. The simulations show a good agreement of the results obtained by
the two methods as well as the existence of a vortex street behind the plate
corresponding to a Strouhal number of 0.18. It could be shown computa-
tionally, that even in the absence of the classical Aeolian tone generation
(pure broadband turbulence related trailing edge noise generation) resonance
type phenomena occur in the duct. The computed modes for the different
configurations show encouraging correlations with the Parker-type modes or
resonance phenomena described by Koch.

6:40
2aNSa23. Active Perturbation on Vortex-Induced Acoustic Resonance.
Li Cheng (Hong Kong Polytechnic University, Hung Hom, Hong Kong,
Hong Kong, mmicheng@polyu.edu.hk), Y Zhou (Hong Kong Polytechnic
University, Hung Hom, Hong Kong, Hong Kong, mmyzhou@polyu.edu.hk)
, Ming Ming Zhang (Hong Kong Polytechnic University, Hung Hom, Hong
Kong, Hong Kong, mingming@jhu.edu)

Flow-induced acoustic resonance results from strong interactions be-
tween unsteady separated flows and the acoustic modes of a cavity. This
work explores the feasibility of using piezoelectric-actuator-based perturba-
tion technique in the control of vortex-induced noise through systematic ex-
perimental studies. A thick rectangular plate was used as the vortex genera-
tor and placed upstream of a cavity. Curved piezo-ceramic actuators were
embedded in a slot on the top side of the plate to provide a perturbation to
the flow. Uncontrolled flow-acoustic interaction was first examined to pro-
vide a baseline for comparison. Results show that noises induced by flow
separation from the thick rectangular plate and the wall ahead of the cavity
have very different critical flow velocities so that their effects can be well
separated. Open-loop control tests indicate that vortex-induced acoustic
resonance can be successfully controlled using the proposed technique.
Analyses suggest that the convection of votices separated from the leading
edge along the plate surface was accelerated by the surface perturbation,
which interacted vigorously with the formation of the dominant trailing edge
vortex, thus weakening the vortex strength in the wake of the plate. This
weakened vortex strength substantially alters the flow-acoustic interaction,
resulting in a significant impairment of vortex-induced acoustic resonance.
(Supported by Research Grants Council of HKSAR. PolyU 5132/07E)
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7:00
2aNSa24. Sound amplification in a lined duct with flow: PIV
measurements. David Marx (Laboratoire d’Etudes Aerodynamiques -

CNRS, Bat K, 40 avenue du recteur Pineau, 86022 Poitiers, France,
david.marx@lea.univ-poitiers.fr), Yves Aurégan (Laboratoire
d’Acoustique de I’Université du Maine, Avenue Olivier Messiaen, 72085 Le
Mans, France, yves.auregan@univ-lemans.fr), Heléne Bailliet (Laboratoire
d’Etudes Aerodynamiques - CNRS, Bat K, 40 avenue du recteur Pineau,
86022 Poitiers, France, helene.bailliet@lea
.univ-poitiers.fr), Jean-Christophe Valiére (Laboratoire d’Etudes Aérody-
namiques (LEA), Université de Poitiers, ENSMA, CNRS, Bat K, 40 avenue
du recteur Pineau, 86022 Poitiers, France, jean-christophe.valiere@lea.univ-
poitiers.fr)

An experimental investigation of the acoustic behavior of a liner in a
rectangular channel with grazing flow has been conducted. The liner is a
locally reacting structure. When increasing the velocity of the grazing flow
the transmission coefficient increases at resonance frequency. The transmis-
sion coefficient can even become larger than 1 meaning that acoustical en-
ergy is produced by the liner. This amplification of the sound wave is ac-
companied by an increase in the stationary pressure drop induced by the
liner (up to 300%). This effect is attributed to a modification of the flow
induced by the acoustic wave. Thus, the flow is measured using Particle Im-
age Velocimetry (PIV) imaging technique and a comparison of velocity
maps with and without sound amplification is performed. Some differences
occur and will be presented.

7:20

2aNSa25. Acoustic PIV: Measurement of the acoustic particle velocity
using synchronized PIV-technique. André Fischer (German Aerospace
Center (DLR), Mueller-Breslau-Str. 8, 10623 Berlin, Germany,
andre.fischer@dlr.de), Emilie Sauvage (Ecole Polytechnique de I’Univerité
d’Orléans, 8 rue Léonard de Vinci, 45072 Orléans, France,
milie.sauvage@gmx.net), Ingo Roehle (German Aerospace Center (DLR),
Mueller-Breslau-Str. 8, 10623 Berlin, Germany, ingo.roehle@dlIr.de)

This paper outlines a technique for measuring the acoustic particle ve-
locity and the flow field simultaneously by applying synchronized particle
image velocimetry (P1V). As test set-up a squared acrylic glass chamber was
chosen. One side of the test section is connected to a loudspeaker, which
allows a sinusoidal excitation of the chamber. To point out constrains of this
method the investigation includes an analysis of excitation amplitude and
frequency as well as the effect of the mean flow magnitude. Therefore a
small PC fan can be mounted inside the test section to produce an adjustable
mean flow. It can be shown that for a low number of averaged images (80)
reasonable results can be achieved up to a certain level of fan rotation speed.
Beyond this level the turbulence sensitivity increases and more images are
necessary for the calculations. However, the acoustic particle velocity can be
computed in the presence of turbulent flow. The presented method called
acoustic PIV is a non intrusive technique, applied successfully in measuring
acoustic particle velocity fields over a wide range of conditions.

7:40

2aNSa26. A finite element method for time harmonic acoustics in
arbitrary flows. Anne-Sophie Bonnet- Ben Dhia (CNRS, ENSTA - 32
Boulevard Victor, 75 015 Paris, France, bonnet@ensta.fr), Jean-Francois
Mercier (CNRS, ENSTA - 32 Boulevard Victor, 75 015 Paris, France,
jmercier@ensta.fr), Florence Millot (CERFACS, 42 avenue Gaspard Cori-
olis, 31 057 Toulouse, France, millot@cerfacs.fr), Sebastien
Pernet (CERFACS, 42 avenue Gaspard Coriolis, 31 057 Toulouse, France,
pernet@cerfacs.fr)

The reduction of noise in aeronautics motivates an intensive research in
aeroacoustics. In particular, there is a need for efficient tools to simulate
acoustic propagation in a mean flow. We are interested here by solving the
linearized problem in the frequency domain, by a finite element method able
to take into account general geometries and flows. To our knowledge, only
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the potential case has been completely handled. Recently, a new approach coupling all degrees of freedom located on the same streamline. This diffi-
has been developed and validated in the case of a parallel shear flow: it re- culty can be avoided by replacing this non-local term by its Low-Mach ap-
lies on a regularized formulation of Galbrun’s equation, well-suited for a proximation We show here how to extend this Low-Mach approach to the
discretization by Lagrange finite elements, combined with Perfectly case of a non parallel flow. Numerical experiments are done. In the case of
Matched Layers. A drawback of the method comes from the additional term a potential mean flow, a good agreement with the exact approach is ob-
of regularization, which requires the evaluation of an oscillating integral, served, even for quite large Mach numbers.

TUESDAY MORNING, 1 JULY 2008 ROOM 251, 8:00 TO 10:00 A.M.
Session 2aNSb
Noise, Biomedical Ultrasound/Bioresponse to Vibration, ASA Committee on Standards, and EURONOISE:
Session in Honor of Henning von Gierke

Paul Schomer, Cochair
Schomer and Associates, Inc., 2117 Robert Drive, Champaign, IL 61821, USA
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Brigitte Schulte-Fortkamp, Cochair
TU Berlin, Institute of Fluid Mechanics and Engineering Acoustics, Einsteinufer 25, Sekr. TA 7, Berlin, D-10587, Germany

Invited Papers

8:00

2aNSb1l. Where do we stand on standards for noise? William Lang (Noise Control Foundation, 29 Hornbeck Ridge, Pough-
keepsie, NY 12603, USA, langlww@gmail.com)

Almost 40 years ago, Henning von Gierke organized and chaired a symposium at the ASA Cleveland meeting with the above title.
The chairs of nine writing groups of the ANSI-predecessor working on methods for the measurement and rating of noise presented
summaries of their tasks and their progress in 1968. If a symposium on the same theme were to be held today, there would be reports
from fifty-four working groups of ANSI Accredited Standards Committees on Acoustics (S1), Bioacoustics (S3), and Noise (S12). These
committees are cornerstones of the ASA standards program. As the first ASA Standards Director, Henning revitalized the Society’s
standards program to become the productive organization it is today. The progress in standardization in America during the past four
decades is a tribute to his foresight and participation. He also contributed to international standardization as the leader of the U.S.
delegation to 1ISO TC/43 (Acoustics) and its subcommittee on noise (SC1), and for three decades he chaired 1SO TC/108/SC4 on human
exposure to mechanical shock and vibration. Trained as an engineer, Henning was a leader of national and international standardization
efforts to relate the mechanical energy in sound waves to the responses of the human organism.

8:20

2aNSbh2. Henning E. von Gierke and human biodynamics. Anthony J. Brammer (Ergonomic Technology Center, Univ. of Con-
necticut Health Center, 263, Farmington Ave., Farmington, CT 06030, USA, brammer@uchc.edu)

In addition to his well-known involvement in protecting humans from exposure to excessive noise, Dr. Henning E. von Gierke was
deeply involved in protecting hu