FRIDAY MORNING, 4 JULY 2008

ROOM 242B, 8:00 A.M. TO 3:00 P.M.

Session 5aAAa

Architectural Acoustics: New Frontiers in Room Acoustical Modeling |

Murray Hodgson, Cochair
The University of British Columbia, Department of Electrical and Computer Engineering, 2332 Main Mall, Vancouver,
BC V6T 174, Canada

Vincent Valeau, Cochair
Laboratoire d’Etudes Aérodynamiques (LEA), Université de Poitiers - ENSMA - CNRS, Béatiment K,
40 Avenue du Recteur Pineau, Poitiers, F-86022, France

Contributed Papers

8:00
5aAAal. Multiresolution geometrical-acoustics modeling. Benjamin
Markham (Rensselaer Polytechnic Institute, Greene Bldg., 110 8th St.,
Troy, NY 12180, USA, markhb@rpi.edu), Paul Calamia (Rensselaer Poly-
technic Institute, Greene Bldg., 110 8th St., Troy, NY 12180, USA, calamp
@rpi.edu)

Geometrical-acoustics (GA) modeling techniques assume that surfaces
are large relative to the wavelengths of interest. For a given scenario, prac-
titioners typically create a single 3D model with large, flat surfaces that sat-
isfy the assumption over a broad range of frequencies. Such geometric ap-
proximations lead to errors in the spatial distribution of the simulated sound
field because geometric details that influence reflection and scattering be-
havior are omitted. To compensate for the approximations, modelers typi-
cally estimate scattering coefficients for the surfaces to account stochasti-
cally for the actual, wavelength-dependent variations in reflection
directionality. A more deterministic approach could consider a series of
models with increasing geometric detail, each to be analyzed at a corre-
sponding frequency band for which the requirement of large surface dimen-
sions is satisfied. Thus, to improve broadband spatial accuracy for GA simu-
lations, we propose a multiresolution modeling approach. Using scale model
measurements of a corrugated wall, comparisons of our method with
non-GA techniques, and some simple listening tests, we will demonstrate

that multiresolution geometry provides more spatially accurate results than
single-resolution approximations when using GA techniques, and that this
improved accuracy is aurally significant.

8:20

5aAAa2. On the analysis of the time spreading of sound diffusers.
Javier Redondo (IGIC - Universitat Politécnica de Valéncia, Cra. Nazaret-
Oliva S/N, E-46730 Gandia, Spain, fredondo@fis.upv.es), Rubén
Picd (EPSG - Univ. Politécnica de Valencia, ¢/ Nazaret-Oliva s/n, 46780
Grau de Gandia, Spain, rpico@fis.upv.es), Mark R. Avis (University of
Salford, Acoustics Research Centre, Newton Building, M5 4WT Salford,
UK, m.ravis@salford.ac.uk)

Since the invention of sound diffusers three decades ago a substantial
effort has been made to predict the acoustic behaviour of these structures.
BEM methods are well established for this purpose after a systematic com-
parison between simulations and experimental data. Volumetric methods
such as finite element methods (FEM) or the finite difference time domain
method (FDTD) are not often used, due to their large computational cost.
However, near to far field transformations (NFFT) can overcome that
problem. Recently some of the authors have shown that the FDTD method is
a useful technique to analyse the time domain signature of sound diffusers.
In this paper a careful analysis of the performance of diffusers in the time
domain (“time spreading”) are reported, opening a new field of research.

Invited Papers

8:40

5aAAa3. Diffraction modeling in acoustic radiance transfer method. Samuel Siltanen (Helsinki University of Technology, P.O.
Box 5400, 02015 TKK, Finland, Samuel.Siltanen@tml.hut.fi), Tapio Lokki (Helsinki University of Technology, P.O. Box 5400, 02015
TKK, Finland, Tapio.Lokki@tkk.fi)

The room acoustic radiance transfer method is a solution to recently presented room acoustic rendering equation which formulates
the mathematical basis for all the ray-based (geometrical) room acoustic modeling algorithms. The basic acoustic transfer method gives
as accurate results as the state-of-the-art commercial room acoustic modeling software. However, the basic method still lacks, e.g.,
diffraction modeling and modeling of complex reflections from surfaces. In this paper we discuss different diffraction modeling methods
in the light of the acoustic radiance transfer method. The problems as well as benefits of each diffraction modeling method are sum-
marized to understand which one of them can be implemented together with acoustic radiance transfer. Finally, some implementation
examples are given.

9:00

5aAAa4. Can also diffracted sound be handled as flow of particles? Some new results of a beam tracing approach based on the
uncertainty principle. Uwe M. Stephenson (Hafen City University Hamburg, Nelkenweg 10, 23843 Bad Oldesloe, Germany, post
@umstephenson.de)

In computational room acoustics as well as noise immission prognosis efficient ray or beam tracing methods are well approved - but
the problem of the neglected diffraction is still unsolved in general. The author’s successful approach of 1986 based on Heisenbergs
uncertainty principle was extended to the more efficient beam tracing technique and presented at the ICA 2007. The algorithm has now
been generalized to recursive higher order diffraction. Now, not only single edge, but also multiple edge diffraction could be simulated
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(slit and “wide obstacle” with two edges). The results have again been compared with Svensson’s exact wave-theoretical secondary
edge source model. With some restrictions, they seem to indicate, that indeed even diffraction of sound - like light - may be handled as
flow of particles. To avoid the feared explosion of computation time with higher order diffraction, a beam reunification may now be
achieved by Quantized Pyramidal Beam Tracing.

Contributed Paper

9:20

5aAAa5. General impedance boundary conditions in pseudospectral
time-domain methods for room acoustics. Carlos Spa (Universitat
Pompeu Fabra - Fundaci6 Barcelona Media, Ocata, 1, 08003 Barcelona,
Spain, carlos.spa@upf.edu), Toni Mateos (Universitat Pompeu Fabra -
Fundaci6 Barcelona Media, Ocata, 1, 08003 Barcelona, Spain,
toni.mateos@barcelonamedia.org), Adan Garriga (Universitat Pompeu
Fabra - Fundacio6 Barcelona Media, Ocata, 1, 08003 Barcelona, Spain, adan
.garriga@barcelonamedia.org)

Finite-differences in the time domain (FDTD) are among the most ac-
curate numerical techniques to simulate wave phenomena. The main draw-
back of FDTD numerical schemes is their computational cost in large scale

simulations. The recently developed Fourier pseudospectral time-domain
(PSTD) techniques, by approximating the spatial derivatives more effi-
ciently, have improved significantly the accuracy and time costs of the simu-
lations of electromagnetic fields. As a step towards applying PSTD tech-
niques to room acoustic problems, we present here a framework to properly
deal with material modeling in terms of generic impedance boundary con-
ditions, beyond the common perfectly matched layer absorbing boundaries.
We apply our results to a few representative cases (simple but reverberant
rooms) and analyse its performance in terms of accuracy and computational
resources. In particular we analyse whether the mild constraints that PSTD
imposes on space-time discretization lead to good enough results in room
acoustic simulations.

9:40-11:00 Posters
Lecture sessions will recess for presentation of poster papers on various topics in acoustics. See poster sessions for topics and abstracts.

Invited Papers

11:00

5aAAa6. Ray-tracing prediction of sound-pressure and sound-intensity fields in empty and fitted rooms. Murray Hodgson
(The University of British Columbia, Department of Electrical and Computer Engineering, 2332 Main Mall, Vancouver, BC V6T 174,
Canada, mhodgson@interchange.ubc.ca), Owen Cousins (The University of British Columbia, Department of Electrical and Computer
Engineering, 2332 Main Mall, Vancouver, BC V6T 1Z4, Canada, owencousins@hotmail.com), Gary Chan (The University of British
Columbia, Department of Electrical and Computer Engineering, 2332 Main Mall, Vancouver, BC V6T 174, Canada,
gakachan@interchg.ubc.ca), Vincent Valeau (Laboratoire d’Etudes Aérodynamiques (LEA), Université de Poitiers - ENSMA - CNRS,
Batiment K, 40 Avenue du Recteur Pineau, F-86022 Poitiers, France, vincent.valeau@Ilea.univ-poitiers.fr)

A Monte-Carlo ray-tracing model has been adapted to the prediction of sound-pressure and sound-intensity fields in rooms with
surfaces of arbitrary surface impedance, and containing parallelepiped obstacles. Phase changes due to propagation distance and wall
reflection were accounted for. Diffraction around obstacle edges was modeled by the Unified Theory of Diffraction. The model was also
extended to include the out-of-phase secondary sound source of a single-channel, global active-noise-control (ANC) system. The new
model was validated in comparison with predictions by reference models (e.g. FEM) and with the results of experiments in an anechoic
chamber and in real rooms. It was used to predict the effectiveness of ANC. This paper discusses the development of the new models,
the results of the validation tests and ANC predictions.

11:20

5aAAa7. The intensity in a reverberant field as an acoustic energy-density gradient. Vincent Valeau (Laboratoire d’Etudes
Aérodynamiques (LEA), Université de Poitiers - ENSMA - CNRS, Batiment K, 40 Avenue du Recteur Pineau, F-86022 Poitiers, France,
vincent.valeau@lea.univ-poitiers.fr), Matthieu Boirlaud (ESIP, Av. du Recteur Pineau, 86022 Poitiers Cedex, France,
matthieu.boirlaud@etu.univ-poitiers.fr), Judicaél Picaut (Lab. Central des Ponts et Chaussées, Division Entretien, Sécurité et Acous-
tique des Routes, Route de Bouaye - BP 4129, 44341 Bouguenais Cedex, France, Judicael.Picaut@Icpc.fr), Murray Hodgson (The
University of British Columbia, Department of Electrical and Computer Engineering, 2332 Main Mall, Vancouver, BC V6T 174,
Canada, mhodgson@interchange.ubc.ca)

The classical assumption for diffuse reverberant sound fields is that the acoustic energy flow at any location in a room -- i.e., the
acoustic intensity -- is null. For rooms with disproportionate dimensions and/or uneven absorption distributions, this assumption no
longer holds. Over the past few years, a room-acoustic diffusion model has been developed that can be seen as an extension of the
statistical theory to nondiffuse sound fields. This work investigates the basic gradient-equation underlying this diffusion theory: it states
that the energy-flow vector is proportional to both the gradient of the acoustic energy density, and to the room diffusion constant. The
gradient equation for the acoustic intensity is confirmed numerically by comparison with calculations of the intensity vector using a
particle-tracing model and a ray-tracing model. Examples are presented for a room with a diffuse sound field, and for elongated rooms
where the sound field is strongly non-diffuse, in the case of both diffuse and specular reflections.
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11:40

5aAAa8. Prediction and tailoring of steady-state broadband sound fields in enclosures using absorption scaling and
energy-intensity boundary elements. Donald B. Bliss (Duke University, Mechanical Engineering and Materials Science, 148B Hud-
son Hall, Durham, NC 27708, USA, dbb@duke.edu), Krista A. Michalis (Duke University, Mechanical Engineering and Materials
Science, 148B Hudson Hall, Durham, NC 27708, USA, kam49@duke.edu), Linda P. Franzoni (Duke University, Mechanical Engi-
neering and Materials Science, 148B Hudson Hall, Durham, NC 27708, USA, franzoni@duke.edu)

Enclosures with diffuse reflection boundaries are modeled with an energy-intensity boundary element method using uncorrelated
broadband directional sources. An absorption-based perturbation analysis shows the spatial variation of the acoustic field obeys certain
scaling laws. A series expansion in terms of average absorption gives separate boundary integral problems at each order. The lowest-
order solution has a uniform level proportional to the reciprocal of the average absorption. The next-order solution is independent of
average absorption and primarily responsible for spatial variation of the acoustic field. This solution depends on the spatial distribution
of absorption and input power sources, but not their overall level. For the primary spatial variation, the effects of the relative distribu-
tions of absorption and input power are linear and uncoupled. These distributions can be expressed in terms of constituent spatial modes
corresponding to the ways absorption and input power can be distributed. Solved numerically once for each mode, the acoustic field can
be expressed in terms of the modal amplitudes in closed form. These amplitudes can be adjusted to tailor the spatial variation. Examples
include how to distribute absorption to minimize sound levels in one location, or how to achieve a uniform interior field. (Sponsor: NSF)

Contributed Papers

12:00

5aAAa9. Analysis of room transfer function and reverberant signal
statistics. Eleftheria Georganti (Acoustic Technology Department, Techni-
cal University of Denmark, @rsted Plads, B352, DK-2800 Lynghy, Den-
mark, ege@oersted.dtu.dk), John Mourjopoulos (Audio and Acoustic Tech-
nology Group, Wire Communications Laboratory, Electrical Engineering &
Computer Technology Department, University of Patras, 26500 Patras,
Greece, mourjop@wcl.ee.upatras.gr), Finn Jacobsen (Acoustic Technology
Department, Technical University of Denmark, @rsted Plads, B352, DK-
2800 Lynghy, Denmark, fja@oersted.dtu.dk)

For some time now, statistical analysis has been a valuable tool in ana-
lyzing room transfer functions (RTFs). This work examines existing statis-
tical time-frequency models and techniques for RTF analysis (e.g., Schroed-
er’s stochastic model and the standard deviation over frequency bands for
the RTF magnitude and phase). RTF fractional octave smoothing, as with
1/3 octave analysis, may lead to RTF simplifications that can be useful for
several audio applications, like room compensation, room modeling, aurali-
sation purposes. The aim of this work is to identify the relationship of op-
timal response smoothing (e.g., as in complex smoothing) with respect to
the original RTF statistics. More specifically, the RTF statistics, derived after
the complex smoothing calculation, are compared to the original statistics
across space inside typical rooms, by varying the source, the receiver posi-
tion and the corresponding ratio of the direct and reverberant signal. In ad-
dition, this work examines the statistical quantities for speech and audio sig-
nals prior to their reproduction within rooms and when recorded in rooms.
Histograms and other statistical distributions are used to compare RTF
minima of typical “anechoic” and “reverberant” audio speech signals, in or-

der to model the alterations due to room acoustics. The above results are
obtained from both in-situ room response measurements and controlled
acoustical response simulations.

12:20

5aAAal0. On the implementation of room acoustics modeling software
using Digital Waveguide Mesh. José J. Lopez (Tech. Univ. of Valencia,
Camino de Vera S/N, 46021 Valencia, Spain, jjlopez@dcom.upv.es), José
Escolano (University of Jaén, Alfonso X, 28, E-23700 Linares, Spain,
escolano@uijaen.es), Basilio Pueo (University of Alicante, Signals, Sys-
tems and Telecommunications, Cta San Vicente del Raspeig s/n, E-03690
Alicante, Spain, basilio@ua.es)

The Digital Waveguide Mesh (DWM) method for room acoustic simu-
lation has been introduced in the last years to solve sound propagation prob-
lems numerically. However, the huge computer power needed in the mod-
eling of large rooms and the complexity to incorporate realistic boundary
conditions has delayed their general use, being restricted to the validation of
theoretical concepts using simple and small rooms. This paper presents a
complete DWM implementation where all the stages needed to analyze a
room are discussed. The software starts the analysis from the architectural
model of the room importing its geometry directly from a CAD file. After
that, it generates the rectangular mesh of individual cells that conforms the
volume to be simulated. Next, the time domain recursion is carried out using
parallel computer techniques. Also the software includes a serious treatment
of boundary conditions using different material with frequency dependence
characteristics. Finally, the software can export the results. Additionally,
some room simulation examples are presented and analyzed in detail. The
work carried out demonstrate how it is possible, with the current power of
the personal computer, to start to simulate real rooms with high amount of
geometric details and frequency dependent boundary.

12:40-2:00 Lunch Break

2:00
5aAAall. Defining perceptual requirements of dynamic (real-time)
acoustic modeling and auralization. Linda Gedemer (5930 Penfield
Ave., Woodland Hills, CA 91367, USA, gedeml@rpi.edu)

Acoustic modeling is evolving from static sources and receivers to dy-
namic sources and receivers as computational speeds allow for faster
renderings. Current research has focused on creating highly accurate dy-
namic models and auralizations but still struggle with the trade-off between
accuracy and available processing speed. The question remains as to how
accurate do these models need to be if the receiver (listener) is moving dy-
namically through the acoustic model. The focus of this paper is to address
the accuracy required of dynamic models and/or auralizations from a per-
ceptual standpoint. From this, the necessity for creating models that are per-
haps more accurate than required will be considered.
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2:20
5aAAal2. The scanning and voxellisation of complex 3D objects for
incorporation within finite difference time domain based acoustic
prediction. lan Drumm (The University of Salford, C.S.E., Salford Uni-
versity, The Crescent, M5 4WT Manchester, UK, i.drumm@salford.ac.uk)

This paper presents techniques developed to incorporate complex 3D ob-
jects within the author’s own finite difference time domain based acoustic
prediction software application. Using a combination of 3D laser scanning,
ray based voxellisation and a least pth norm based filter design approach to
emulate the absorption profiles of non-rigid boundaries; complex objects can
be incorporated into a variety of FDTD based acoustic prediction scenarios.
The paper will evaluate the success of the approach and explore its
application. Of particular interest is the emulation of furniture, people,
acoustic modifiers and other complex non planer structures within room
acoustics predictions.
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Invited Paper

2:40

5aAAal3. Localization and mesoscopics in structures and rooms Il. Richard Weaver (Dept. of Physics, University of Illinois,
Urbana, IL 61801, USA, r-weaver@uiuc.edu)

A new theory is developed which makes quantitative predictions for energy transport that are consistent with localization. The theory
promises ultimately to apply to a wide variety of systems. It is based on an assumption of S-matrices that are incoherent - as conven-
tional diffuse field theories would have it - but then corrected to assure exact energy conservation. It is shown that the resulting system
responses (they are concatenations of S matrices) have coherence, are consistent with localization, and predict Greens function retrieval.
Localization emerges naturally from competition between rates of transport and rate of eigen-mode resolution. Examples are presented
corresponding to coupled rooms and to diffusion in a multiply scattering medium. Future generalizations are discussed and the math-
ematical challenges are outlined. This is the second talk in a pair begun in a different session. Work supported by NSF CMS 05-28096.

Session 5aAAb

Architectural Acoustics and Noise: Airborne and Impact Sound Insulation |

Berndt Zeitler, Cochair

NRC - Institute for Research in Construction, 1200 Montreal Road, Building M-27, Ottawa, ON K1A 0R6, Canada

Patrizio Fausti, Cochair
Engineering Dept. - Univ. of Ferrara, Via Saragat, 1, Ferrara, 44100, Italy

Contributed Paper

ROOM 243, 8:00 A.M. TO 3:20 P.M.

8:00
5aAAbl. Maximizing field performance of thin, light-weight partition
and floor assemblies. Ronald Eligator (Acoustic Dimensions, 145 Hugue-
not Street, New Rochelle, NY 10801, USA, religator@acousticdimensions
.com)

Laboratory test reports are an important source of information regarding
anticipated performance of a sound barrier construction. However, differ-
ences in construction conditions between the laboratory and a real building

can greatly affect, usually negatively, the performance of a sound barrier as-
sembly in the field. This reality, combined with the typical client’s focus on
reducing construction costs, requires that for a sound barrier construction to
be successful, the effect of abutting constructions must be well understood.
This paper reports on our firm’s experience in translating lab-tested light-
weight sound barrier assemblies to the field, relating design conditions to
field results in terms of physical construction and noise reduction results.
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Invited Paper

8:20

5aAAb2. Monitoring field and laboratory performance for airborne and impact sound insulation for 110,000 homes per annum.
Sean Smith (BPC, Napier University, 42 Colinton Road, EH10 5BT Edinburgh, UK, se.smith@napier.ac.uk), Dave Baker (Robust
Details Ltd, Davy Avenue, Knowlhill, MK5 8NB Milton Keynes, UK, dbaker@robustdetails.com), David Panter (Robust Details Ltd,
Davy Avenue, Knowlhill, MK5 8NB Milton Keynes, UK, dpanter@robustdetails.com)

This paper provides an overview of a unique monitoring system used in England and Wales for tracking the sound insulation per-
formance for 110 000 new build homes per annum. The regulatory approach, known as Robust Details was established within the
building regulations and passed by parliament in 2004 after an 18 month initial research project. Annually over 5000 construction sites
now use this system approach for separating walls and floors for attached houses and apartments. Acoustic site inspections and sound
insulation field testing reports provide systematic feedback to the design and performance review. Since the RD systems inception
on-site sound insulation compliance rates have risen from 40% to 97%. This paper will discuss the role of laboratory benchmark testing
for products and also the role of acoustic "field” inspectors in tracking the airborne and impact performance. In addition the role of
intervention and statistical analysis in upgrading or withdrawing specific wall and floor constructions will be presented.
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Contributed Paper

8:40
5aAAb3. Changed sound properties due to minor construction changes
in a lightweight building. Fredrik Ljunggren (Luled Univ. of Technology,
Div. of Sound and Vibration, S-97187 Luled, Sweden, fredrik.ljunggren@Itu
.se)

This paper relates to building acoustic measurement inside a two-story
office house. The construction, which is known as lightweight, is prefabri-
cated in volumes at a factory and is then transported to the building yard for

assembling. It is build up of a wooden frame with particle boards and plaster
boards attached. The building consists of a number of nominally, or almost
nominally, identical rooms with assumed identical sound properties. In the
projection stage, the construction was slightly modified in some of the
rooms in order to see in what way the sound properties would be affected. In
total eight impact sound pressure level measurements and eight sound re-
duction index measurements were performed and analysed for the different
setups.

Invited Papers

9:00

5aAAb4. The drying process influence on the brick walls sound reduction index: laboratory evaluations and theoretical
analysis. Chiara Scrosati (Construction Technologies Institute of Italian National Research Council, Viale Lombardia, 49, 20098 San
Giuliano Milanese (M), Italy, labacustica@itc.cnr.it), Fabio Scamoni (Construction Technologies Institute of Italian National Re-
search Council, Viale Lombardia, 49, 20098 San Giuliano Milanese (Ml), Italy, Fabio.Scamoni@itc.cnr.it), Fabrizio Valentini
(Construction Technologies Institute of Italian National Research Council, Viale Lombardia, 49, 20098 San Giuliano Milanese (M),
Italy, Fabrizio.Valentini@itc.cnr.it)

This paper presents experimental results showing the sound reduction index of different types of brick walls; the analysis was in
particular carried out on double walls, single walls, and single walls with external lining. Its main purpose is to find the minimum drying
time of the structure necessary to obtain the sound reduction indexes of brick walls as close as possible to laboratory real values.
Moreover, it aims at making results of different laboratories as comparable as possible in terms of repeatability and reproducibility. All
the fundamental quantities, such as the sound reduction index (R), the weighted sound reduction index (R_{w}), the spectrum adaptation
terms C and C_{tr}, and temperature (T) and relative moisture, have been analyzed. A qualitative analysis of the curves slope of the
sound reduction index versus frequency has been conducted for each drying time for each type of evaluated wall. The measurements
were carried out in the acoustic laboratory of ITC-CNR (the Construction Technologies Institute of the Italian National Research
Council) in Milan, according to the procedures of 1SO 140 part 3.

9:20

5aAAb5. Acoustical proprieties of light brick walls and its effects on flanking transmission. Giovanni Semprini (University,
DIENCA Dept. Facolta di Ingegneria, Viale Risorgimento 2, 40136 Bologna, Italy, giovanni.semprini@mail.ing.unibo.it), Luca
Barbaresi (DIENCA - Univ. of Bologna, Viale Risorgimento 2, 40136 Bologna, Italy, luca.barbaresi@mail.ing.unibo.it)

Light brick walls 8-10 c¢m thick are typical structures frequently used in Italian building constructions as a internal partitions be-
tween dwellings and as internal layer of double fagcade walls. Due to low surface mass and rigid connection to other horizontal and
vertical structures, light brick walls are often responsible of high flanking transmission. The simplest acoustic modeling of this structure
for the evaluation of sound transmission in buildings, is the approach proposed by the EN 12354 standards, where the brick wall can be
considered as a homogeneous structure and main acoustic parameters required are the sound reduction index and the vibration reduction
index Kij. The aim of this paper is to analyse results of physical and acoustical properties (sound reduction index, structural reverbera-
tion time, radiation efficiency) of a typical 8 cm thick brick wall measured in laboratory testing facility, used as a partition in different
test configuration: single layer wall, double brick layer wall with internal thermal layer and as a component of lateral wall, where the
Kij index flanking transmission were also evaluated. Experimental results are then compared with theoretical values in order to analyse
difference with homogeneous structures.

9:40-11:00 Posters
Lecture sessions will recess for presentation of poster papers on various topics in acoustics. See poster sessions for topics and abstracts.

Contributed Paper

11:00
5aAAb6. Lightweight system Technostar specified in the CCTV tower
Beijing. Andrew Koster (Saint-Gobain Insulation, Parallelweg 20,
4878AH Etten-Leur, Netherlands, andrew.koster@saint-gobain.com)

The role and possibilities of lightweight mineral wool is known for quite
some years, acting as the optimum spring in a mass spring mass system one
can reach high acoustic values. Compared to the massive constructions (e.g.,
concrete) the use of a mass spring mass construction has also other advan-
tages (e.g., logistic, dimension of foundation and labour costs). Saint-
Gobain Isover developed a wall system called Technostar, originally defined
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for cinema walls. In this construction an optimal mass spring mass construc-
tion is created. The theory of mass spring mass systems will shortly come
up. All elements of the system are described. The acoustical performance of
the Technostar construction is calculated with acoustic software (Stiff) and
compared with laboratory measurements; the influence of different param-
eters on the measured acoustical performance will be shown. The practical
use of the Technostar wall will be shown on the basis of the project CCTV
tower in Beijing. For this project the acoustic requirements, the translation
in terms of the wall construction with the specific details will be shown. The
system will be build in March 2008.
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Invited Paper

11:20

5aAAb7. Influence of static-load on airflow resistivity determination. Alessandro Schiavi (lstituto Nazionale di Ricerca Metro-
logica, str. delle Cacce, 91, 10135 Turin, Italy, a.schiavi@inrim.it), Claudio Guglielmone (Istituto Nazionale di Ricerca Metrologica,
str. delle Cacce, 91, 10135 Turin, Italy, c.guglielmone@inrim.it), Piercarlo Miglietta (FIAT Group Automobiles S.p.A., Corso G. Ag-
nelli, 220, 10135 Turin, Italy, piercarlo.miglietta@fiat.com), Franco Alasia (Istituto Nazionale di Ricerca Metrologica, str. delle Cacce,

91, 10135 Turin, Italy, f.alasia@inrim.it)

Dynamic stiffness of resilient materials used as underlayer in floating floors give useful knowledge on the acoustical behaviour of
a floor in impact sound insulation. In previous works the influence of the static load and the compressive behaviour of the resilient layers
on dynamic stiffness evaluation has been shown. A new measurement technique of the airflow resistance (according to 1ISO 9053) in
terms of static load applied on the resilient materials with open cells is proposed. Usually the airflow resistance of porous materials used
as underlayers is evaluated on unloaded samples of material. In dynamic stiffness measurements the material is subject to a static load
of 2 kPa. Because the dynamic stiffness value depends on airflow resistivity r [Paxs/m?] (in particular when 10 kPas/m?< r <100
kPas/m?) through the material, it is important to evaluate the airflow resistivity behaviour in the same condition of the dynamic stiffness
measurement, i.e., under a static load of 2 kPa. A new apparatus to evaluate the airflow resistivity in terms of different static loads has
been designed and realized at 1.N.RI.M. of Turin. The first experimental results show evidence of the dependence of the airflow resis-

tivity of the resilient materials on the applied load.

Contributed Papers

11:40
5aAAb8. Compression of felt-type thermal insulation layer for
underfloor heating system and floor impact sound. Tongjun
Cho (SKEC, Jung-Gu, Soonhwa-Dong 66, SK Soonhwa B/D, R&D Center,
100130 Seoul, Republic of Korea, tjc@skec.co.kr), Hyun-Min
Kim (SKEC, Jung-Gu, Soonhwa-Dong 66, SK Soonhwa B/D, R&D Center,
100130 Seoul, Republic of Korea, thek80@skec.co.kr)

In Korea, almost every house uses underfloor heating, which has advan-
tages of thermal comfort and energy efficiency. However, when it is con-
structed for high-rise apartment houses, it yields a problem in floor impact
sound insulation. It accounts for the fact that a foam-type thermal insulator
sandwiched between structural slab and heating floor functions as a spring
and easily transmits impacts on the floor to the slab. In that case, the sys-
tem’s transmissibility is determined by dynamic stiffness of the thermal in-
sulation layer and the lower the dynamic stiffness is, the more the floor im-
pact is isolated. For that reason, apartments construction companies are
attempting to lower the dynamic stiffness of the thermal insulation layer for
impact sound reduction. As part of the attempt, felt-type materials with rela-
tively low dynamic stiffness such as glass wool or polyester felt are consid-
ered as a substitution for the foam-type thermal insulator. However, there is
a possibility that compression of the felt-type materials would increase the
dynamic stiffness and the impact sound insulation effect at early stage might

be weakened in the long term. This paper investigates the correlation be-
tween gradual compression of the felt-type thermal insulation layer and the
impact sound variation.

12:00
5aAAb9. Acoustic and vibration characteristics of floated floors
concrete structures. Seungyup Y. Yoo (Hanyang University, 133-791
Seoul, Republic of Korea, syrus8l@hanyang.ac.kr), Jin  Yong
Jeon (Hanyang University, Department of Architectural Engineering, 133-
791 Seoul, Republic of Korea, jyjeon@hanyang.ac.kr)

The floating floor with multilayers of resilient materials was investigated
for the isolation of floor impact sound. The floor structures were evaluated
in the reduction of the heavy-weight impact sound, which is mainly affected
by the boundary conditions of the tested floors. The values of single-number
ratings for floor impact sounds decrease dramatically for floated floors. In-
sertion loss is determined by the vibration characteristics of a bare slab, such
as transmissibility. The logarithmic decrement (£) of the vibration responses
was 4 times higher than that of the bare slab. Above 125 Hz, the vibration
between the slab structure and floating floor is isolated effectively. It was
revealed that the resonant frequency of the slab structure and the damping
factor of the floating floor are important aspects for impact sound isolation.

Invited Paper

12:20

5aAADb10.

Interactions between floor and ceiling panels in presence of a fibrous material in the cavity. Thomas Scelo

(Marshall Day Acoustics LTD, P. O. Box 5811, Wellesley St., 1000 Auckland, New Zealand, thomas.scelo@marshallday.co.nz)

The mechanisms governing the acoustic transmission through building elements such as floor/ceiling assemblies are complex. The
vibroacoustic interactions between the finite size structure and the enclosed volume are, in particular, rendered more complex at low
frequencies when the finite dimensions of the building are taken into consideration. A model developed to predict the low frequencies
vibroacoustics response of mutliplates systems offers the opportunity to explore, among other geometrical and material parameters, the
effects of a fibrous material in the ceiling plenum on the acoustics behaviour of the whole structure. This paper presents the theoretical
approach employed to predict the interactions between the floor, the ceiling panel and the enclosed volume. It also explores the effects
of varying the material characteristics and overall thickness on these interactions.

12:40-1:40 Lunch Break
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Invited Paper

1:40

5aAAbll. Methods to control low frequency impact noise in wood-frame construction. Berndt Zeitler (NRC - Institute for
Research in Construction, 1200 Montreal Road, Building M-27, Ottawa, ON K1A 0R6, Canada, berndt.zeitler@nrc-cnrc.gc.ca), Trevor
Nightingale (NRC - Institute for Research in Construction, 1200 Montreal Road, Building M-27, Ottawa, ON K1A 0R6, Canada,
Trevor.Nightingale@nrc-cnrc.gc.ca), Frances King (NRC - Institute for Research in Construction, 1200 Montreal Road, Building
M-27, Ottawa, ON K1A OR6, Canada, Frances.King@nrc-cnrc.gc.ca)

The control of low frequency impact noise is of great importance in Japan and Korea. For impact noise rating, both countries use
standardised heavy and soft impactors that inject high levels of low frequency power into a wood-frame floor due to the high force
applied and “good” impedance match between the source and the floor. This paper reports on a parametric study designed to confirm the
important parameters for controlling low frequency impact noise and how these parameters are affected by changes to construction
details. The paper shows that increasing the drive point impedance floor surface while minimising the structural coupling between the
gypsum board ceiling and the structural framing (joists) are important elements. Additionally, a well-designed floor topping can be very
effective when applied to a suitable floor. The paper presents data to show the relative importance of direct and flanking transmission
paths. Furthermore, it is shown that repeated impacts by the Bang Machine physically change the floor assembly and as a consequence
resulting impact sound pressure levels in the receive room also change. The paper concludes with a general discussion and
recommendations.

Contributed Papers

2:00 2:20
5aAAb12. Field airborne and impact sound insulation of wood truss 5aAAb13. Impact sound insulating performance of access floors.
floor systems. Chad N. Himmel (JEAcoustics, 1705 West Koenig Lane, Francesco Asdrubali (Universita degli studi di Perugia, Via G.
Austin, TX 78756, USA, Himmel@JEAcoustics.com), Daniel J. Duranti 67, 06125 Perugia, ltaly, fasdruba@unipg.it), Francesco
Kupersztoch (JEAcoustics, 1705 West Koenig Lane, Austin, TX 78756, D’Alessandro (Universita degli studi di Perugia, Via G. Duranti 67, 06125
USA, Kupersztoch@JEAcoustics.com) Perugia, Italy, dalessandro.unipg@ciriaf.it)

A series of field measurements on wood truss floors of various types was
recently completed at four residential apartment complexes. About 40 floors
with different floor finishes, gypsum concrete underlayment, noise control
underlayment systems, truss span lengths, ceiling types, and resilient metal
channel types were constructed and measured. Trusses were all similar en-
gineered prefabricated parallel chord wood trusses. Room volumes and
room absorptive characteristics are varied and nonstandard. Measurements
are normalized according to ASTM E 1007 and proposed normalized impact
sound rating (NISR) procedures to provide a reasonably consistent set for
analysis. Low frequency measurements were conducted to 12.5 Hz one-third

Access floor are raised floor systems consisting of modular panels sup-
ported by posts at a certain height to create a gap below the floor surface.
Electrical wires and pipes can be placed inside the gap in order to avoid
exposed installations and to simplify operations involving the inspection, re-
pair, changing, or adding of system elements. This paper presents the results
of the measurement campaign carried out on seven different access floor
configurations, obtained by changing different floor elements: panels, sur-
face finishes, damping materials under the posts base. Impact sound insulat-
ing properties of access floors combined with false ceilings were also tested

octave band. For both transmission loss and impact sound, many of the re-
sults compare well with predictions using simple regression analysis devel-
oped by others using variables such as the mass of the layers, truss depth
and spacing, insulation thickness and density, and resilient metal channel
spacing. The measurements and results will be presented in the paper.

and are reported in the paper. The tests were executed in two overlapping
reverberating rooms available at the Acoustics Laboratory of the University
of Perugia using the procedures given by ISO 140-6 Standard. The results
are expressed in terms of normalized sound impact pressure level Ln and of
the corresponding single number index Ln,W.

Invited Papers

2:40

5aAAbl4. Measurement of room-to-room airborne sound insulation with an access floor in a dwelling unit of condominium.
Takashi Koga (Kajima Technical Research Institute, 2-19-1 Tobitakyu, Chofu, 182-0036 Tokyo, Japan, tkoga@kajima.com)

It is preferred covering a wooden access floor on the concrete floor for condominium apartments in Japan. The access floor usually
installed after every partition in each dwelling unit. If access floor and ceiling were done before partition, one can obtain accuracy of
construction and reduce waste material. Therefore, one can provide building more green. But, there is concern that may deteriorate
sound insulation because of flanking path through under the access floor. On the other hand, there is also another dominant flanking path
irrespectively to these construction methods: via doors leading into hallway. A number of field measurements of sound insulation were
done with opening/closing doors to evaluate the flanking transmission via the doors. These results show that the doors affect especially
in high frequency, but not significant in low-mid frequency. Next, the sound transmission performances of access floors and ceilings
measured at laboratory are compared with direct sound transmission through wall itself. As a conclusion, field measurement results
show that this construction method difference less affect to airborne sound insulation performance.

3:00

5aAAb15. The acoustical effect of reveal blocks, from measuring method to prediction. Frigyes Reis (Budapest University of
Technology and Economics, Lab. of Building Acoustics, Mlegyetem rakpart 3., 1111 Budapest, Hungary, reis@mail.bme.hu), Balazs
T6th (Wienerberger Co., Bartfay str. 34, 1119 Budapest, Hungary, balazs.toth@wienerberger.hu)

The analysis of the efforts to create high quality building from the point of view of energy-efficiency, and the resulting variety of
new products, building constructions and systems leads to the conclusion: there are characteristic deficiencies in the field of measuring
and prediction methods related to sound insulation, and there is a need to stop the gap. The example on which the problem is shown is
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the acoustical effects of reveal blocks, used around window openings, to reduce heat propagation and increase energy efficiency. The
reveal blocks include more sound propagation paths, the sound insulation of which can not be determined using the existing measuring
standards. The paper describes new measuring concept and method to characterise the sound insulation characteristics of reveal blocks
in their built-in form. The methods are fitted to the standardised measuring methods of sound insulation. Proposal is presented for the
modification in the prediction procedure of sound insulation of fagade constructions, utilising the results of the new measuring method.

FRIDAY MORNING, 4 JULY 2008

P2-B, LEVEL 2, 9:40 TO 11:20 A.M.

Session 5aAAc

Architectural Acoustics and Noise: Airborne and Impact Sound Insulation Il (Poster Session)

Berndt Zeitler, Cochair
NRC - Institute for Research in Construction

Patrizio Fausti, Cochair
Engineering Dept. - Univ. of Ferrara

All posters will be on display from 9:40 a.m. to 11:20 a.m. To allow contributors an opportunity to see other posters, contributors of
odd-numbered papers will be at their posters from 9:40 a.m. to 10:30 a.m. and contributors of even-numbered papers will be at their

posters from 10:30 a.m. to 11:20 a.m.

Contributed Papers

5aAAcl. Enhancement of impact sound insulation for
“Grunderzeit-Hauser” build around 1900 during refurbishment using
concrete-wood composite floors or suspended ceilings. Thomas
Bednar (University of Technology, Karlsplatz 13/206, A-1040 Vienna, Aus-
tria, thomas.bednar@tuwien.ac.at)

During refurbishment of Viennese buidlings that have been erected
around 1900 an important aspect is to enhance the impact sound insulation
of the old wooden floors. Usually the floors are wood beam floors and the
uppermost floor is a massive wooden floor called Dippelbaumdecke. Two
important measures are taken to increase the impact sound insulation to
achieve the minimum requirement of LnTw<=48<dB. The paper describes
the design of an optimal suspended ceiling to avoid additional measures and
as an alternative the impact of an additional thin concrete floor on top of the
Dippelbaum-floor to achive minimum floor heights. As the thin concrete
floor has a much larger area than the rooms below the measured results
showed a big influence of concrete floor area on the impact sound level.

5aAAc2. Sound insulation properties of building elements, considering
the frequency range below 100 Hz. Herbert Muellner (TGM Federal In-
stitute  of Technology, Wexstrasse 19-23, 1200 Vienna, Austria,
herbert.muellner@tgm.ac.at), Anna Frey (University of Applied Sciences,
FH Campus Vienna, Daumegasse 3, 1100 Vienna, Austria,
anna.frey@chello.at), Catrin Humer (TGM Federal Institute of Technology,
Wexstrasse 19-23, 1200 Vienna, Austria, catrin.humer@tgm.ac.at)

The constantly increasing standard of comfort in general and the rising
number of apartment buildings in lightweight mode of construction directed
the focus of research to the sound insulation properties of timber frame and
massive wood element buildings. The complaints of the residents of terraced
houses and multiple dwellings in lightweight buildings mainly concern noise
events characterised by dominant low frequency. This problem regards air-
borne sound insulation as well as impact sound insulation. Based on empiri-
cal data the comparison of the sound insulation properties of the building
elements investigated shows the specific problem of each category of con-
struction mode in the frequency range below 100 Hz. The typical sound in-
sulation characteristics regarding the low frequency range are discussed in
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the light of the current applied sound insulation requirements as well as in
relation to the problem to comply with the resident’s apperception of sound
insulation quality.

5aAAc3. Effect of the frequency spectrum trend on the determination
of the weighted normalized impact sound pressure level for floor
structures. Federica Bettarello (Engineering Dept. - Univ. of Ferrara, Via
Saragat, 1, 44100 Ferrara, Italy, federica.bettarello@unife.it), Patrizio
Fausti (Engineering Dept. - Univ. of Ferrara, Via Saragat, 1, 44100 Ferrara,
Italy, patrizio.fausti@unife.it)

The most common floor constructions in Italian buildings are composed
of two parts: the structural one, made of concrete beams and perforated
bricks, and the floating floor. The results of the in situ measurements of the
impact sound pressure level, realized on the structural part of the floors,
show a frequency spectrum trend that increases with the frequency. The
spectrum is also characterized by many peaks and dips at the high frequency
range that strongly influence the determination of the weighted normalized
impact sound pressure level, also for structures with similar mass and
geometry. The frequency trend of the beam and brick structures is com-
pletely different from the characteristic spectrum of homogeneous concrete
slabs or lightweight structures. Considerations on how those differences can
influence the obtainable results in terms of the reduction of impact sound
pressure level referred to the same floating floor typology, the spectrum ad-
aptation terms and the other acoustic quantities described in the standards
are reported.

5aAAc4. Influence of flanking transmission in typical Italian
constructions. Simone Secchi (Univ. of Florence, Via San Niccold 89/a,
50125 Florence, Italy, simone.secchi@taed.unifi.it), Gianfranco
Cellai (Univ. of Florence, Via San Niccolo 89/a, 50125 Florence, ltaly,
gianfranco.cellai@unifi.it), Elisa Nannipieri (Univ. of Florence, Via San
Niccolo 89/a, 50125 Florence, Italy, elisa.nannipieri@taed.unifi.it)

Actually acoustic performance of building components are analysed
with reference to standardised conditions, in laboratories with suppressed
flanking transmission. Laboratory results often show values of the perfor-
mances quite different from those measured in real buildings, as a conse-
quence of flanking transmission and of different conditions of realisation in
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situ. Moreover, in spite of all efforts aimed to standardise laboratory test
conditions, often we find different certified performances of same building
components obtained in different laboratory. In some cases, these differ-
ences may be very relevant. Besides, the Italian decree on acoustic require-
ment of buildings prescribes limiting values to be measured in situ. For
these reasons, many producers of building materials and components more
frequently presents in their depliants both laboratory values and in situ val-
ues of acoustic performances of their products. The paper shows the pre-
liminary results of an research aimed to verify acoustic performances of par-
tition walls and floors in a laboratory which respect conditions of 1SO 140-1,
but with the presence of relevant flanking transmission, similar to real
buildings. The relevance of the flanking transmission has also been modified
by means of a lining applied to the ceiling of the receiving room of the
laboratory.

5aAAc5. Survey on the insulation performance of acoustic louvres.
Lieven De Geetere (Belgian Building Research Institute, Lombardstraat 42,
B-1000 Brussel, Belgium, lieven.de.geetere@bbri.be), Bart
Ingelaere (BBRI, rue du Lombard, 42, B-1000 Brussel, Belgium, bart
.ingelaere@bbri.be)

Machinery such as compressors, boilers and generators require adequate
ventilation and extract. To avoid excessive noise breakout, acoustic louvres
are frequently used. These are usually made of tilted hollow metallic blades
filled with absorptive materials and perforated at the inside face. This study
investigates the important characteristics of common shaped acoustic lou-
vres with regard to sound insulation. First, a market survey on 109 existing
acoustic louvres of 24 producers worldwide is made. Second, laboratory
measurements of sound insulation on 38 prototypes of 1 m? acoustic louvres
are compared. The influence of several parameters are studied such as louvre
depth, blade angle, blade shape, blade thickness, blade spacing, kind of ab-
sorptive material, perforation degree, and edge filling.

5aAAc6. Sound insulation characteristics of shipboard windows.
Sangryul R. Kim (Acoustics Team, Korea Institute of Machinery and Ma-
terials, 171 Jang-dong, Yuseong-gu, 305-343 Daejeon, Republic of Korea,
srkim@kimm.re.kr), Hyun-Sil Kim (Acoustics Team, Korea Institute of
Machinery and Materials, 171 Jang-dong, Yuseong-gu, 305-343 Daejeon,
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Republic of Korea, hskim@kimm.re.kr),Hyun-Ju Kang(Acoustics Team,
Korea Institute of Machinery and Materials, 171 Jang-dong, Yuseong-gu,
305-343 Daejeon, Republic of Korea, kanghj@kimm.re.kr)

Although small-size windows are used in a ship, shipboard windows are
a multilayered structure with glasses and air-gaps for high sound insulation.
This paper discusses how to improve the sound insulation performance of
shipboard windows. First, the sound transmission loss (STL) obtained from
various experiments with shipboard windows are introduced and studied.
The results show the layer arrangement as well as the material property of
each layer makes an effect on the window’s STL. It is also found that the
higher the sound insulation performance of the window is, the more impor-
tant the effect of the window frame is. Next, theoretical investigations are
carried out and discussed in comparison with the experimental results. The
comparison provides possible clues to increase the STL of the window.

5aAAc7. Acoustic analysis of the framework and walls stage in the
construction of a housing block. Maria Jesus Ballesteros (Universidad de
Castilla-La Mancha, Campus Universitario, 16071 Cuenca, Spain,
MJesus.Ballesterosl@alu.uclm.es), Samuel Quintana (Universidad de
Castilla-La Mancha, Campus Universitario, 16071 Cuenca, Spain,
Samuel.Quintana@uclm.es), Marcos D. Fernandez (Universidad de
Castilla-La Mancha, Campus Universitario, 16071 Cuenca, Spain,
Marcos.Fernandez@uclm.es), Jose ~ A.  Ballesteros (Universidad de
Castilla-La Mancha, Campus Universitario, 16071 Cuenca, Spain,
Josea.Ballesteros@uclm.es), Laura Rodriguez (Universidad de Castilla-La
Mancha, Campus Universitario, 16071 Cuenca, Spain, Laura.Rodriguez
@uclm.es)

The noise in the construction process is one of the main environmental
and industrial noise sources. There are no specific regulations in several Eu-
ropean countries for assessing such kind of noise, neither reference indexes
for its evaluation. Therefore, the limits adopted are those for environmental
and industrial noise, although they do not take into account the intrinsic
characteristics of this noise. A measurement procedure has been stated for
assessing the noise in building sites in which, the most appropriate indexes
for this noise have been analyzed and used to derive the acoustic character-
istics of the framework and walls stage. This stage is considered as one of
the most annoying in the construction process of a housing block.

Acoustics’08 Paris S799




FRIDAY MORNING, 4 JULY 2008

P2-B, LEVEL 2, 9:40 TO 11:20 A.M.

Session 5aAAd

Architectural Acoustics: Coupled Volume Acoustics | (Poster Session)

Jason Summers, Cochair
U.S. Naval Res. Lab.

Alexis Billon, Cochair
Universite de Liege

All posters will be on display from 9:40 a.m. to 11:20 a.m. To allow contributors an opportunity to see other posters, contributors of
odd-numbered papers will be at their posters from 9:40 a.m. to 10:30 a.m. and contributors of even-numbered papers will be at their

posters from 10:30 a.m. to 11:20 a.m.

Contributed Paper

5aAAdL. Investigations on real-size coupled rooms based on Bayesian
estimation method. Zuhre Su (Russ Berger Design Group, 4006 Belt Line
Road Suite 160, Addison, TX 75001, USA, tayasu7@yahoo.com), Dave
Woolworth (Oxford Acoustics, Inc., 356 CR 102, Oxford, MS 38655, USA,
dave@oxfordacoustics.com), Ning Xiang (Rensselaer Polytechnic Insti-
tute, Greene Building, School of Architecture, 110 8th Street, Troy, NY
12180, USA, xiangn@rpi.edu)

As a case study, this work aims to experiment coupled-volume systems
with scientifically grounded quantifiers using Bayesian analysis, a reliable
analysis method in evaluating effects of different parameters on sound en-
ergy decays of coupled rooms [Xiang & Goggans, J. Acoust. Soc. Am. 110,
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1415 - 1424 (2001)]. This research uses the well-defined indicators devel-
oped by Xiang and Goggans to assess sound energy decays in a real-size
hall. Derived from the model-based Bayesian inference, level differences
(AL), diverse decay times, and decay time ratios are the quantitative descrip-
tors of sound energy decays in acoustically coupled spaces. The room im-
pulse responses of Howorth Theater in Oxford, Mississippi coupled to the
adjacent lobby are experimentally measured in the case study. The two
rooms are connected with two separate apertures and have distinct natural
reverberation times that allow experimenting different setups for probable
acoustical coupling at certain locations. In this paper, frequency, and loca-
tion dependence of double-slope characteristics of sound energy decays are
discussed.
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FRIDAY MORNING, 4 JULY 2008

P2-B, LEVEL 2, 9:40 TO 11:20 A.M.

Session 5aAAe

Architectural Acoustics: New Frontiers in Room Acoustical Modeling Il (Poster Session)

Murray Hodgson, Cochair
University of British Columbia

Vincent Valeau, Cochair
Laboratoire d’Etudes Aérodynamiques (LEA)

All posters will be on display from 9:40 a.m. to 11:20 a.m. To allow contributors an opportunity to see other posters, contributors of
odd-numbered papers will be at their posters from 9:40 a.m. to 10:30 a.m. and contributors of even-numbered papers will be at their

posters from 10:30 a.m. to 11:20 a.m.

Contributed Papers

5aAAel. Predicting the acoustics of historic Istanbul Tunnel:
Simulation, calculation methods and geometrical details. Filiz Bal
Kocyigit (Karabuk University, 232. Str. No: 5/5 llkbahar Mah., Cankaya,
06550 Ankara, Turkey, filizbkocyigit@yahoo.com)

Istanbul Tunnel was designed and constructed by Eugene Henry Gavand
in 1875 is the third Metro and second underground railway system in the
world after Washington Metro (1868). In this paper, the acoustics of Istanbul
Tunnel is investigated. This is a special case which sets up a challenge to
these prediction methods. The shape of the tunnel and therefore focusing the
sound, reverberant wall, and therefore fluctuation effect demands high ac-
curacy in predicting the early reflections. The energy dissipates quickly in
this type of enclosures and there is little masking effect of the reverberation.
Another aspect that has been shown to give very different results in this case
study is the geometrical detailing of the models. When Istanbul Tunnel com-
pared with modern metrosystems; nowadays railway systems are controlled
by modern electronic and mechanical system, but in the 19th century this
electronic systems could not used. Solutions could be with the shape of the
building. The aim of this paper is to clarify some of the problems that can
arise in this type of constructions, and give guidelines for how they can be
overcome/avoided. Another objective is to emphasize that room acoustic
computer simulations, although very useful, need careful consideration
about the underlying calculation methods.

5aAAe2. Size-adaptive spherical receptor acceleration method for
acoustical ray tracing. Stéphane Lesoinne (University of Liége - INTEL-
SIG, Institut Montéfiore, Sart-Tilman, Batiment 28, 4000 Liége, Belgium,
s.lesoinne@ulg.ac.be), Jean-Jacques Embrechts (University of Liége - IN-
TELSIG, Institut Montéfiore, Sart-Tilman, Batiment 28, 4000 Liege, Bel-
gium, jjembrechts@ulg.ac.be)

Randomized ray tracing in room acoustics can be used to compute
echograms, but the results computed at the receptor are affected by statisti-
cal errors [1]. To decrease these statistical errors, the usual solution is to
increase the number of rays, but this also increases the computation time.
Another solution is to increase the receptor size, but this lowers the spatial
resolution of the computed sound field, which is particularly important for
the early part of the echogram. In order to decrease the computation time
and keep a sufficient resolution, the method proposed in this paper is based
on a progressive modification of the receptor size (spherical type) as long as
the ray’s travel grows. At the same time, the number of rays into the room
can be decreased as the sound ray lengths increase while keeping the statis-
tical errors more or less constant. The consequence is that the sound field
spatial resolution evolves from “precise” at the beginning of the echogram
to “rough” at its end. The first applications of this new method show a sig-
nificant gain of CPU time. [Broad spectrum diffusion model for room acous-
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tics ray-tracing algorithms, J. J. Embrechts, Jnl. Acoust. Soc. Am. 107(4)
2068-2081 (2000)].

5aAAe3. Variation of mean free path length over time and its effect on
room impulse response. Miomir Mijic (Faculty of Electrical Engineering,
Bulevar  Kralja  Aleksandra 73, 11000  Belgrade,  Serhy,
emijic@etf.bg.ac.yu), Dragana Sumarac Pavlovic (Faculty of Electrical
Engineering, Bulevar Kralja Aleksandra 73, 11000 Belgrade, Serby,
dsumarac@etf.bg.ac.yu)

In their previous paper (Forum acusticum 2005, Proceedings, 2399-
2404) the authors presented the local effect found in a large sports hall, de-
scribed as significantly shorter reverberation time in the first 400-500 ms
than that in the rest of the hall’s long impulse response. To analyse this phe-
nomenon, a new measure - mean free path length (MFPL) variation in time
over the impulse response - was introduced. It is identified as the function of
time obtained as an ensemble average in some fixed interval traced along the
impulse response duration. The ray tracing simulation was used to calculate
ray paths approaching the receiver in time. Analyzing MFPL variations over
time is a new insight into the structure of room impulse response, and this
paper presents its main characteristics, its dependence on geometrical prop-
erties of rooms, and also its relation to statistically defined mean free path
length (4 VV/S). The paper also presents a correlation between MFPL varia-
tion over time and the sound decay curve. The MFPL variation over time
reveals the causes of the local effect introduced in the previous paper, but it
is generally useful in explaining the sound decay monotony deviations.

5aAAe4. Towards a realistic ray tracing for room acoustics. Jaume
Durany (Universitat Pompeu Fabra - Fundacié Barcelona Media, Ocata, 1,
08003 Barcelona, Spain, jaume.durany@upf.edu), Adan
Garriga (Universitat Pompeu Fabra - Fundacié Barcelona Media, Ocata, 1,
08003  Barcelona, Spain, adan.garriga@barcelonamedia.org), Toni
Mateos (Universitat Pompeu Fabra - Fundaci6é Barcelona Media, Ocata, 1,
08003 Barcelona, Spain, toni.mateos@barcelonamedia.org)

We present a recently developed ray tracing engine for room acoustics
computations whose improved physics provide more realistic results than
present state of the art methods. Ray tracing has been widely applied within
the graphics community to obtain realistic shadings, but the computational
cost reduction has oriented efforts towards fast computations of apparently
realistic images rather than physically correct results. In the case of audio
ray tracers, a similar tendency has led to relatively fast shading algorithms
that often miss its physical basis, preventing the resulting impulse responses
from converging to physically correct solutions. Our engine improves this
situation by focusing on two main issues. First, it ensures the mathematical
convergence of the algorithms by maintaining the coherence between the
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computation of the direction of the reflected rays and the computation of the
contribution of the sources to a given point in the environment. Second, the
engine works directly in the frequency domain. This allows for the imple-
mentation of frequency-dependent phenomena, from surface impedance and
reflections to frequency-dependent source directivity patterns. We present a
comparative study of the proposed ray tracing engine with the state of the
art, emphasizing properties like realism, coherence and convergence.

5aAAe5. A geometric acoustics simulation proposal for curved
geometry. Arthur Van Der Harten (Rensselaer Polytechnic Institute,
Greene Bldg., 110 8th St, Troy, NY 12180, USA, Arthur
.vanderharten@gmail.com), Paul Calamia (Rensselaer Polytechnic Insti-
tute, Greene Bldg., 110 8th St., Troy, NY 12180, USA, calamp@rpi.edu)

FRIDAY MORNING, 4 JULY 2008

Current methods for acoustical simulations based on geometrical acous-
tics are designed to ascertain the properties of rooms using models compris-
ing large flat polygons. Typically these same methods are used on models of
spaces with curved surfaces in which the curves are approximated using pla-
nar facets. In such cases, errors are introduced in the simulation when the
infinitely varying normal of a curve is replaced with a finite number of
piecewise constant normals, one for each facet. NURBS - nonuniform ratio-
nal B-splines - offer an alternative geometric representation that allows
curves to be represented with precision. Using Rhinoceros, a commonly
used NURBS-based CAD program, as a platform for an acoustic simulation
tool for models of both NURBS and polygon geometry, we can begin to
discover whether it is possible to conceptualize a geometrical acoustics
method that is more accurate for curved surfaces. This talk will cover the
implementation and early testing of an acoustic-simulation plug-in for
Rhinoceros.

P2-B, LEVEL 2, 9:40 TO 11:20 A.M.

Session 5aAAf

Architectural Acoustics and Musical Acoustics: New Measurement Parameters in Performing Arts Spaces |
(Poster Session)

Lily Wang, Cochair
University of Nebraska - Lincoln

Brian Katz, Cochair
LIMSI-CNRS

All posters will be on display from 9:40 a.m. to 11:20 a.m. To allow contributors an opportunity to see other posters, contributors of
odd-numbered papers will be at their posters from 9:40 a.m. to 10:30 a.m. and contributors of even-numbered papers will be at their

posters from 10:30 a.m. to 11:20 a.m.

Contributed Papers

5aAAf1. Converging evidence in evaluating acoustical intimacy. Bobby
E. Gibbs (Rensselaer Polytechnic Institute, Greene Bldg., 110 8th St., Troy,
NY 12180, USA, gibbsh@rpi.edu), Jonas Braasch (Rensselaer Polytechnic
Institute, Greene Bldg., 110 8th St, Troy, NY 12180, USA,
braasj@rpi.edu), Ted Krueger (Rensselaer Polytechnic Institute, Greene
Bldg., 110 8th St., Troy, NY 12180, USA, krueger@rpi.edu)

Previously, we presented a novel interactive pilot experiment in which
participants modified parameters in a virtual acoustical environment so that
they corresponded to three intimacy settings: low, medium, and high. Addi-
tionally, participants were asked to rank the -- yet unknown -- parameters
(volume, direct-to-reverberant energy ratio, frequency attenuation, and room
size) in terms of the importance in making their judgments. Based on a
larger body of data, the direct-to-reverberant energy ratio emerges as the
strongest acoustical correlate of intimacy. A repeated-measures test revealed
that the “preservation” of this parameter (the degree to which a participant
changed the value from an optimum setting) varies the least across intimacy
levels and across levels of previous training. Additionally, this parameter is
consistently ranked as being the most important in the ranking portion of the
test. We also found that salience of some of the other parameters varied sig-
nificantly across intimacy levels, possibly suggesting a weighting system is
warranted. These results are compared with binaural measurements of the
virtual system. In particular, we will address disparities from the pilot ex-
periment and recent data that resulted from differences in measuring the
direct-to-reverberant energy ratio. [Work supported by RPI HAAS Fellow-
ship and ASA Minority Fellowship.]
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5aAAf2. Effects of multiple directional sources on quantitative and
gualitative analyses of concert hall acoustics. ‘Youngmin
Kwon (Acoustic Dimensions, 15505 Wright Brothers Drive, Addison, TX
75001, USA, ykwon@acousticdimensions.com), Gary W. Siebein (Univ. of
Florida, 231 Arch, PO Box 115702, Gainesville, FL 32611, USA,
gsiebein@siebeinacoustic.com), Martin A. Gold (Univ. of Florida, 231
Arch, P.O. Box 115702, Gainesville, FL 32611, USA, mgold@ufl.edu)

The “orchestral impulse reponse” measurement technique using multiple
directional sources and its effects on quantitative analysis of concert hall
acoustics were discussed earlier [Kwon and Siebein, J. Acoust. Soc. Am.
120, 3263(A) (2006)]. An array with 16 directional loudspeakers approxi-
mating overall sound radiation patterns of each instrumental group of an or-
chestra was incorporated for room acoustical measurements and analyses.
As a continuous study, this paper discusses qualitative assessments of con-
cert hall acoustics over room subjective parameters including reverberance,
clarity, warmth, spaciousness, envelopment, etc. The music signals binau-
rally recorded in a performance hall with the same source array were evalu-
ated by means of subjective listening tests in comparison to those recorded
with the single omni-directional source (dodec). The results showed that
some perceived differences are present between the array with multiple di-
rectional sources and the one with a single omni-directional source. In the
main orchestra seating, in particular, reverberance and clarity are perceived
more but warmth is perceived less when compared to the recordings through
the single omni-source. The results will be further discussed in conjunction
with their quantitative measures resulted from the above measurement
technique.
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5aAAf3. Room acoustics measurements with an approximately spherical
source of 120 drivers. Roger Schwenke (Meyer Sound Laboratories, 2832
San Pablo Ave, Berkeley, CA 94702, USA,
rogers@meyersound.com), Franz Zotter (Institute of Electronic Music and
Acoustics, Inffeldgasse 10/3, 8010 Graz, Austria, zotter@iem.at), David
Wessel (Center for New Music and Audio Technologies, 1750 Arch Street,
Berkeley, CA 94720, USA, wessel@cnmat.berkeley.edu.), Andrew
Schmeder (Center for New Music and Audio Technologies, 1750 Arch
Street, Berkeley, CA 94720, USA, andy@cnmat.berkeley.edu)

An approximately spherical source of 120 individually controlled drivers
is used to perform impulse response measurements in a room with a 1.4 s
reverberation time and a distinct echo. The signal to the drivers is processed
to produce both omni-directional and unidirectional patterns. The omni-
directional pattern is compared with measurements made with a traditional
12 sided source. The unidirectional patterns are measured both pointed to-
wards and away from the listener position. Intelligibility metrics for the dif-
ferent directionalities and orientations are measured. The unidirectional pat-
tern is aimed in different directions to minimally and maximally excite the
distinct echo in the room, and locate it’s origin.

5aAAf4.  Measurement-based fuzzy interpolation of room impulse
responses. Csaba Huszty (Budapest University of Technology and Eco-
nomics, BME Dept. of Telecommunications, Magyar tudésok koéritja 2,
H-1117 Budapest, Hungary, huszty@hit.bme.hu), Bottyan
Németh (Budapest University of Technology and Economics, BME Dept.
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of Telecommunications, Magyar tudésok kérutja 2, H-1117 Budapest, Hun-
gary, bottyan@tmit.bme.hu), Péter Baranyi (Budapest University of Tech-
nology and Economics, BME Dept. of Telecommunications, Magyar tudé-
sok koritja 2, H-1117 Budapest, Hungary, baranyi@tmit.bme.hu), Flop
Augusztinovicz (Budapest University of Technology and Economics, BME
Dept. of Telecommunications, Magyar tudésok koratja 2, H-1117 Budapest,
Hungary, fulop@hit.ome.hu)

Application of room impulse responses (RIRs) to acoustic evaluation
and auralization often requires many measurements to get enough informa-
tion about the hall, or to provide enough flexibility for virtual sound source
placements in convolution reverberation. In this paper we propose a
measurement-based fuzzy modeling method to approximate the RIR func-
tion at an arbitrary location between available measured points, without a
priori information on the hall geometry or wall reflection parameters. For
the fuzzy model identification we define an accuracy indicator of the spatial
density of the source positions and predict the required number of them in a
selected hall. This indicator quantifies the relationship of the early reflec-
tions, determined for various measured positions. This paper also proposes a
method that treats nonuniform spatial sampling of the measurement posi-
tions, and its implementation for 2D cases is shown. Nonuniform spatial
sampling can be useful when RIRs at some source positions -- e.g. positions
of musicians on a stage of a concert hall -- are known or have to be mea-
sured precisely, but RIRs at locations in between require an approximation
only. The proposed fuzzy model of RIRs actually transforms the measured
information into a uniform and tensor product form, enabling the analyst to
use further matrix and tensor algebra based numerical methods.

AMPHI BLEU, 8:00 A.M. TO 5:40 P.M.

Session 5aABa

Animal Bioacoustics: General Topics in Animal Bioacoustics 11

Richard R. Fay, Cochair
Loyola University Chicago, Parmly Hearing Institute, 6525 N. Sheridan Rd., Chicago, IL 60626, USA

Michel Andre, Cochair
Laboratori d’Aplicacions BioacuUstiques (Universitat Politécnica de Catalunya), avda. Rambla Exposicio s/n,
Vilanova i la Geltrt, 08800, Spain

Contributed Papers

8:00

5aABal. Acoustic production mechanisms in pinnipeds. Marija
Spasikova (Centre for Social Learning and Cognitive Evolution, University
of St. Andrews, School of Psychology, KY16 9JP St. Andrews, Fife, UK,
marija.spasikova@gmail.com), William T. Fitch (Centre for Social Learn-
ing and Cognitive Evolution, University of St. Andrews, School of Psychol-
ogy, KY16 9JP St. Andrews, Fife, UK, wtsf@st-andrews.ac.uk), Colleen
Reichmuth (UCSC Institute of Marine Sciences, Long Marine Lab - Uni-
versity of California, 100 Shaffer Road, Santa Cruz, CA 95060, USA,
coll@ucsc.edu), Ronald J. Schusterman (UCSC Institute of Marine Sci-
ences, Long Marine Lab - University of California, 100 Shaffer Road, Santa
Cruz, CA 95060, USA, rjschust@ucsc.edu)

The ability to develop articulate speech relies on capabilities that be-
came available to our ancestors through changes in both peripheral mecha-
nisms (vocal acoustics and anatomy) and neural mechanisms (vocal control
and imitation). Few distantly related species (cetaceans, birds and pinnipeds)
have shown the ability of vocal imitation, but of the three, only the pinni-
peds use the same vocal tract as us humans. For this reason we choose to
study two closely related pinniped species: the harbour seal (Phoca
Vitulina), a good vocal imitator (capable of complex vocal learning), and the
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Californian sea lion (Zalophus californicus), a close relative with very lim-
ited vocal imitation capabilities (no evidence of complex vocal learning) to
look at the acoustical production mechanisms of the species as well as the
neural mechanisms underlying the same. Using previously acquired data
gathered in California at the Long Marine Lab, we performed video and
acoustic analysis to show correlation between jaw opening and formants fre-
quencies in the harbour seal (Phoca Vitulina), in speech like vocalisations.
We are examining the involvement of tongue movement during these vo-
calisations, hypothesising that it will account for the remaining residuals in
the correlation between the formants excursions and the jaw movements.

8:20
5aABa2. Habitat occupation time-series of St. Lawrence belugas from
passive acoustic monitoring. Nathalie Roy (Fisheries and Oceans Canada
& ISMER-UQAR, 850 route de la Mer, P.O. Box 1000, Mont-Joli, QC
G5H-3Z4, Canada, royn@dfo-mpo.gc.ca), Yvan Simard (Fisheries and
Oceans Canada & ISMER-UQAR, 850 route de la Mer, P.O. Box 1000,
Mont-Joli, QC G5H-3Z4, Canada, simardy@dfo-mpo.gc.ca), Catherine
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Bédard(Marine Science Institute, University of Québec, 310 Allée des Ur-
sulines, P.O. Box 3300, Rimouski, QC G5L-3Al, Canada,
catherine.becard01@ugar.qc.ca), Elisabeth Leblanc (Marine Science Insti-
tute, University of Québec, 310 Allée des Ursulines, P.O. Box 3300,
Rimouski, QC G5L-3A1, Canada, elisabeth.leblanc@ugar.qc.ca)

Passive acoustic monitoring (PAM) was used to generate a six-week
continuous time-series of occupation of a segment of the St. Lawrence Es-
tuary by belugas. The PAM data were acquired from a cabled hydrophone
deployed at mid-depth into the 300-m deep Laurentian channel off Cap-de-
Bon-Desir during summer 2003. Beluga vocalisation activity time-series
was obtained from the [0.5-5.0 kHz] bandpassed PAM data that were pro-
cessed to filter out noise from the heavy shipping on the nearby St.
Lawrence Seaway and from occasional whale watching boats, and low-
frequency traces of clicks, via adaptive spectral subtraction and image pro-
cessing methods applied to the spectrogram. The remaining traces on the
binary image of the spectrogram were summed up to generate a vocalisation
index, which was essentially due to belugas in this region. The vocalisation
index time-series was then analysed for presence of circadian rhythms and
correlations with the semi-diurnal tidal cycle, currents from an acoustic
Doppler current profiler and wind. Results are interpreted from the knowl-
edge of the biological and physical oceanographic processes occurring in the
monitored area.

8:40

5aABa3. Comparison of automatic classification methods for beluga
whales vocalizations. Elisabeth Leblanc (Marine Science Institute, Uni-
versity of Québec, 310 Allée des Ursulines, P.O. Box 3300, Rimouski, QC
G5L-3A1, Canada, elisabeth.leblanc@ugar.gc.ca), Mohammed
Bahoura (Eng. Dept., Université du Québec, 300 Allée des Ursulines, P.O.
Box 3300, Rimouski, QC G5L-3A1, Canada,
mohammed_bahoura@ugar.qc.ca), Yvan Simard (Fisheries and Oceans
Canada & ISMER-UQAR, 850 route de la Mer, P.O. Box 1000, Mont-Joli,
QC G5H-3Z4, Canada, simardy@dfo-mpo.gc.ca)

The beluga whale is a loquacious marine mammal with a complex vocal
repertory. It produces a wide variety of whistles and pulsed tones as well as
high-frequency echolocation clicks. Automatic detection of the long-
distance propagating communication calls are desirable for implementing
passive acoustic monitoring (PAM) systems in their environment, for habitat
utilisation studies and real-time early warning devices in anthropogenic im-
pact mitigation systems. Signal processing methods were developed to clas-
sify beluga vocalizations from a PAM data set recorded in Cap-de-Bon-
Désir in the Saguenay-St. Lawrence Marine Park in summer 2003 using a
6-hydrophones array with a 10-100 kHz sampling rate. The performance of
an MFCC-based HMM system and a polynomial model applied to extracted
time-frequency contours of vocalizations will be evaluated. The feasibility
of real-time implementation will then be analysed for both methods.

9:00
5aABa4. One plus one equals one: The beluga whale (Delphinapterus
leucas) produces two pulses to form its echolocation click. Marc O.
Lammers (Hawaii Institute of Marine Biology, P. O. Box 1106, Kailua, HI
96734, USA, lammers@hawaii.edu), Manuel Castellote (L’Oceanografic,
C/. Junta de Murs i Valls, s/n, 46013 Valencia, Spain, mcastellote
@oceanografic.org)

Empirical results have shown that two sound generators exist in the na-
sal system of delphinids. It had been previously assumed that these function
independently, with one primarily involved in pulse production and the other
in the generation of tonal signals. Here we report that in the beluga whale
both generators appear to be simultaneously involved in the production of
the echolocation click measured in front of the animal. A study was con-
ducted that examined the propagation of the echolocation click of a captive
12 year-old female beluga whale at 15°, 30°, 45°, 60°, 75°, and 90° off the
center axis of both sides of the outgoing beam. The results reveal that at
angles greater than 30° two distinct pulses are measured that cannot be at-
tributed to multipath reflections from the surface or any structure in the tank.
The two pulses are maximally separated in time at 90° off-axis and gradu-
ally converge with each 15° measurement closer to the beam center. At 30°
the two pulses begin to form a single, albeit distorted pulse. The phenom-
enon is symmetrical on both sides of the animal. These findings shed new
light on how beluga whales and perhaps other odontocetes form their
echolocation pulse.

9:20

5aABa5. The nanomechanics of mechanosensory neurones in vivo.
James F. Windmill (University of Bristol, D34 School of Biological Sci-
ences, Woodland Road, BS8 1UG Bristol, UK,
james.windmill@bristol.ac.uk), Victoria G. Pook (University of Bristol,
School of Biological Sciences, Woodland Road, BS8 1UG Bristol, UK,
vicky.pook@bristol.ac.uk), Daniel Robert (University of Bristol, D34
School of Biological Sciences, Woodland Road, BS8 1UG Bristol, UK,
d.robert@bris.ac.uk)

The ability to detect and process sound is a sense particularly important
in many animals, including insects, playing a key role in predator, prey and
mate detection. Acute hearing, both in the sense of extreme sensitivity to
sound and sharp frequency selectivity, relies on the active participation of
auditory mechanoreceptors. In insects, active auditory mechanics was first
demonstrated in mosquitoes, whereby auditory sensitivity is enhanced by
the action and reaction of mechanosensory neurones to sound-induced
vibrations. The mosquito’s auditory neurones can generate motions that me-
chanically drive the antenna and tune it to biologically relevant sounds. The
mechanosensory neurones are capable of detecting exquisitely small me-
chanical displacements, down to 100 picometres. In the mosquito’s
Johnston’s organ (300 um in diameter) there is a high density of these neu-
rones (16 000 units). The mechanical response of the mechanoreceptors was
measured in vivo using an atomic force microscope, in response to stimu-
lation of the external antenna. The work establishes the link between the
previously measured non-linearities of the mosquito’s antennal vibrations
and the nanoscale mechanics of the mechanosensory neurones.

9:40-11:00 Posters
Lecture sessions will recess for the presentation of poster papers on various topics in acoustics. See poster sessions for topics and abstracts

Contributed Paper

11:00
5aABa6. Computer aided design of audio signal classifier systems.
Sebastian V. Huebner (Pestalozzistrasse 5, 14482 Potsdam, Germany,
sebastian@sejona.de)

The problem of programming classifier systems for deterministic events
in bioacoustic signals is seen as a knowledge engineering problem. Advan-
tages and disadvantages of traditional approaches are discussed. A knowl-
edge engineering approach for interactive visual classifier system design is
described and advantages of the approach are highlighted. The basic archi-
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tecture of a general purpose knowledge engineering framework for the
acoustics domain is outlined. Emphasis is placed on both expert knowledge
and on the role of data mining within the classifier system design process.
Several examples illustrate how the approach can be used to create classifier
systems for bioacoustic patterns in the time-frequency domain. Examples in-
clude multiscale spectrographic visualization, techniques to create and inter-
actively modify subsymbolic and symbolic classifier systems for time-
frequency patterns as well as the usage of three-dimensional visualizations
to display hierarchical dependencies within complex classifier systems.
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Invited Paper

5aABa’.

Sounds from a neonate harbour porpoise and their potential use in acoustic monitoring.

11:20

Magnus Wahlberg

(Fjord&Belt / University of Southern Denmark, Margrethes Plads 1, 5300 Kerteminde, Denmark, magnus@fjord-baelt.dk)

Harbour porpoises (Phocoena phocoena) emit ultrasonic (130 kHz) clicks with a stereotyped source parameters for echolocation and
communication. Recently it was observed that the first days of living, a neonate harbour porpoise emitted contact calls of much a much
lower frequency emphasis, around a few kHz. The echolocation clicks produced by the calf significantly differed in duration and band
width during the first four months postpartum. The acoustic signals from harbour porpoise calves are ideal for automated detection and
therefore as a tool in population studies of this species. Both hydrophone array systems towed from boats, and automated click detectors
(such as T-PODs) may incorporate routines for automated detection of young calves. These findings may have a large potential for
facilitating biologists in gathering important biological data from this otherwise very difficult-to-study species of marine mammals.

Contributed Papers

11:40
5aABa8. Two-dimensional sonar beam characteristics of single
harbour porpoise (Phocoena phocoena) echolocation clicks measured
with a 16 hydrophone array. Jens C.
Koblitz (Eberhard-Karls-Universitdt Tibingen, Zool. Institut, Abt. Tier-
physiologie, Auf der Morgenstelle 28, 72076 Tulbingen, Germany,
Jens.Koblitz@uni-tuebingen.de), Magnus
Wiahlberg (Fjord&Balt/University of Southern Denmark, Margrethes Plads
1, 5300 Kerteminde, Denmark, magnus@fjord-baelt.dk), Peter T.
Madsen (University of Aarhus, Biological Sciences, Zoophysiology, C. F.
Mgllers  All¢, Building 1131, DK-8000 Aarhus, Denmark,
peter.madsen@biology.au.dk), Peter Stilz (Eberhard-Karls-Universitat
Tubingen, Zool. Institut, Abt. Tierphysiologie, Auf der Morgenstelle 28,
72076 Tubingen, Germany, peter.stilz@uni-tuebingen.de), Hans-Ulrich
Schnitzler (Eberhard-Karls-Universitat Tlbingen, Zool. Institut, Abt. Tier-
physiologie, Auf der Morgenstelle 28, 72076 Tiibingen, Germany, hans-
ulrich.schnitzler@uni-tuebingen.de)

For the first time, the beam structure of single harbour porpoise echolo-
cation clicks was simultaneously measured in both the vertical and horizon-
tal plane. Echolocation clicks of a stationed animal and free-swimming ani-
mals catching fish were recorded with a “plus-shaped” array consisting of 16
hydrophones. The -3 dB beam width in the horizontal and vertical planes is
in most cases similar to what has been previously measured by Au et al.
(1999). However, individual clicks are sometimes broader or narrower than
what has been previously reported. This may be caused by either voluntary
control of the animal’s beam width, or it may be a secondary effect of varia-
tions in intensity and air content within the sound production system.

12:00
5aABa9. Dolphin modulation rate transfer functions resulting from
exposure to  frequency  modulated  signals. Dorian  S.

Houser (Biomimetica, 7951 Shantung Dr., Santee, CA 92071, USA,
dhouser@spawar.navy.mil), James J. Finneran (US Navy Marine Mammal
Program, Space and Naval Warfare Systems Center, 53560 Hull St., Code
71510, San Diego, CA 92152, USA, james.finneran@navy.mil)

Frequency modulated (FM) signals are useful in audiometric studies
where the test environment contributes to multipath interference and pro-
duces spatial variations in the sound pressure field. Rhythmic FM stimuli are
useful in evoked potential audiometry because of the auditory steady state
response (ASSR) that is created within the auditory system. Although some
research on dolphin ASSRs resulting from rhythmic FM signals has been
performed, relationships between modulation depth, modulation rate, and
ASSR amplitude have not been fully explored. To address this, two dolphins
were exposed to rhythmic FM signals (120 dB SPL and center fre-
quency=40 kHz) and the resulting ASSR recorded. The modulation depth
(peak-to-peak) and modulation rate were varied from 0.1-10% and 200-2500
Hz, respectively. A total of 512 epochs were recorded for each stimulus pre-
sentation and the averaged waveform was analyzed in the frequency
domain. The amplitude peak corresponding to the modulation rate was used
to create the modulation rate transfer function (MRTF). Both dolphins
showed a MRTF peak at a 1 kHz modulation rate, while one dolphin showed
a second peak at 500 Hz. The use of rhythmic FM signals in ASSR studies
may be a useful for testing in less than ideal acoustic environments.

12:20-1:40 Lunch Break

Contributed Papers

1:40

5aABal0. Correcting gray whale (Eschrichtius robustus) call rates in
San Ignacio Lagoon, using sound exposure level measurements of
ambient noise. Melania Guerra (Marine Physical Laboratory, Scripps In-
stitution of Oceanography, 9500 Gilman Dr, MC 0238, La Jolla, CA 92093-
0238, USA, meguerra@ucsd.edu), Aaron Thode (Marine Physical Labora-
tory, Scripps Institution of Oceanography, 9500 Gilman Dr, MC 0238, La
Jolla, CA 92093-0238, USA, athode@ucsd.edu), Jorge Urban (Laboratorio
de Mamiferos Marinos, Universidad Autonoma de Baja California Sur, La
Paz, Apartado Postal 19-B, 23080 La Paz, Mexico, jurban@uabcs
.mx), Sergio Gonzalez (Laboratorio de Mamiferos Marinos, Universidad
Autonoma de Baja California Sur, La Paz, Apartado Postal 19-B, 23080 La
Paz, Mexico, sergiog@uabcs.mx)

Autonomous acoustic recordings of gray whales (Eschrichtius robustus)
were made in San Ignacio Lagoon, in February 2005-2008, while animals
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were present to breed and raise calves. Counts were made of the gray
whales’ most common vocalization, type S1. A sequence of semi-automated
procedures was implemented to assist with call detection. Hourly call rates
were computed for all seasons and adjusted for expected changes in detec-
tion range, caused by variations in the ambient background noise level. In
this environment, the underwater acoustic background combines biological,
oceanographic and man-made sources and can present changes of 10 dB
above the average base level of 96dB re 1uPa 2-s between 350 and 750 Hz
over semidiurnal scales. The relative changes in call rates in 2006 and 2008
are compared with visual survey counts conducted over the same period.
The definition of SNR in the present study develops from energy flux den-
sities or sound exposure levels (SEL). SEL were calculated experimentally
through even sampling in time and individual sampling for each call. By
assuming that the background masks a proportion of the detected calls, cor-
rections were applied to determine the vocal activity within a fixed detection
range.
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2:00

5aABall. The acoustic field on the melon of echolocating Atlantic
bottlenose dolphin (Tursiops truncatus). Whitlow W. Au (Univ. of Ha-
waii, P.O. Box 1106, Kailua, HI 96734, USA, wau@hawaii.edu), Dorian S.
Houser (Biomimetica, 7951 Shantung Dr., Santee, CA 92071, USA,
dhouser@spawar.navy.mil), James J. Finneran (US Navy Marine Mammal
Program, Space and Naval Warfare Systems Center, 53560 Hull St., Code
71510, San Diego, CA 92152, USA, james.finneran@navy.mil), Lois
Dankiewicz (SAIC, 4065 Hancock Street, MS: Q1-A, San Diego, CA
92110, USA, lois.dankiewicz@saic.com), Wu-Jung Lee (MIT-WHOI Joint
Program, 266 Woods Hole Road, Woods Hole, MA 02543, USA,
wjlee@whoi.edu), Patrick W. Moore (US Space & Naval Warfare Systems
Center, 49620 Beluga Road, San Diego, CA 92151, USA, pmoore@spawar
.navy.mil)

An array of five broadband suction cup hydrophones were placed on the
melon of two bottlenose dolphins to determine where on the melon the
echolocation beam emerges and to examine how signals in the acoustic
near-field relate to signals in the far-field at 1 m. Four different array geom-
etries were used: a linear one with hydrophones arranged along the midline
of the melon between 2.8 and 3.7 cm apart, and two around the front of the
melon at 1.4 and 4.2 cm above the melon-rostrum crease and one across the
melon in certain locations not measured by other configurations. The beam
axis was found to be close to the mid-line of the melon, approximately 5.4
cm above the melon-rostrum crease for both animals. The signal path coin-
cided with the low-density, low-velocity core of the melon supporting the
melon hypothesis postulated many years ago by Kenneth Norris. Slight
asymmetry in the signal was found with higher amplitudes on the starboard
side of the melon. Although the signal waveform measured on the melon
appeared distorted, when they were mathematically summed in the far-field
while preserving the relative time of arrival, the resultant waveform matched
that measured by the hydrophone located at 1 m.

2:20
5aABal2. Detection of beaked whales using near surface towed
hydrophones: prospects for survey and mitigation.  Douglas

Gillespie (Sea Mammal Research Unit, Gatty Marine Laboratory, Univer-
sity of St Andrews, KY16 8LB St. Andrews, UK,
dg50@st-andrews.ac.uk), Jonathan Gordon (Sea Mammal Research Unit,
Gatty Marine Laboratory, University of St. Andrews, KY16 8LB St. An-
drews, UK, jg20@st-andrews.ac.uk), Marjolaine Caillat (Sea Mammal Re-
search Unit, Gatty Marine Laboratory, University of St. Andrews, KY16
8LB St Andrews, UK, marjolaine.caillat@club-internet.fr), Diane
Claridge (Bahamas Marine Mammal Research Organisation, P.O. Box AB-
20714, Abaco, 0 Marsh Harbour, Bahamas, bmms@oii.net), David
Moretti (NAVSEA, Newport Undersea Warfare Center, Newport, RI RI
02841, USA, MorettiDJ@npt.nuwc.navy.mil), lan Boyd (Sea Mammal Re-
search Unit, Gatty Marine Laboratory, University of St Andrews, KY16 8LB
St Andrews, UK, ilb@st-andrews.ac.uk)

Beaked whales are extremely difficult to sight at sea and this hampers
attempts to study them, and makes real time mitigation difficult. Passive
acoustic monitoring could improve detection efficiency. Blainville’s beaked
whales, (Mesoplodon densirostris) are known to produce most of their vo-
calizations at depth. They are routinely detected on bottom mounted hydro-
phones arrays but the extent to which they can be detected using near-
surface hydrophones is not known. Continuous recordings were made at a
sampling rate of 192 kHz from towed hydrophone arrays during line transect
surveys in the Bahamas in conjunction with teams monitoring bottom-
mounted hydrophones at the AUTEC Tongue of the Ocean navy range. A
beaked whale click detector and classifier was developed within Rainbow
Click and PAMGUARD and this was both run in real time and used to ana-
lyze recordings to pick out beaked whale click trains. Detected click trains
correlated well with detection of beaked whales on bottom-mounted
hydrophones. Three species of beaked whale were encountered visually and
detected acoustically: Mesoplodon densirostris, Ziphius cavirostris and Me-
soplodon europaeus. Target motion analysis of bearings to sequences of
clicks suggests a maximum detection range of approximately three kilome-
ters and preliminary results indicate that clicks can be identified to species.
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2:40

5aABal3.  Acoustic localization of two distinct blue whale
(Balaenoptera musculus) subspecies in the South-West Indian Ocean.
Flore Samaran (CEBC-CNRS, Centre d’Etude Biologique de Chizé, 79360
Villiers en Bois, France, samaran@cebc.cnrs.fr), Olivier Adam (Université
Paris Est, 61, avenue de Gaulle, 94000 Creteil, France,
adam@univ-paris12.fr), Jean-Frangois Motsch (Université Paris Est, 61,
avenue de Gaulle, 94000 Creteil, France, motsch@univ-paris12.fr), Yves
Cansi (Commissariat & I’Energie Atomique, Centre DAM - lle de France,
Bruyéres-le-Chatel, 91297 Arpajon Cedex, France,
yves.cansi@cea.fr), Gérard Ruzié (Commissariat a I’Energie Atomique,
Centre DAM - lle de France, Bruyeres-le-Chatel, 91297 Arpajon Cedex,
France, gerard.ruzie@cea.fr), Christophe Guinet (CEBC-CNRS, Centre
d’Etude Biologique de Chizé, 79360 Villiers en Bois, France, guinet@cebc
.cnrs.fr)

Analysis of one year of acoustic signal recordings from the five perma-
nent autonomous hydrophones of the International Monitoring System in the
South-West Indian Ocean reveals low frequency with high intensity calls
produced by two blue whale subspecies. The “Antarctic” or “true” blue
whale (B. m. intermedia) calls and the “Madagascar-type” Pygmy blue
whale calls (B. m. brevicauda) were automatically detected through the
matched filtering method. The potential movements were investigated by us-
ing the time difference of arrival (TDOA) of calls to assess the bearing of
the sound source. The fully range dependent parabolic equation code (RAM
- range-dependent acoustic model) and the PMCC code (progressive multi-
channel correlation) are applied to estimate the range between our system
and the vocalising animals. Our results show that (1) the variation of call
number revealed two distinct patterns of seasonal whale occurrences and (2)
the distances from the hydrophones to the blue whales reached up to 50 km.
Tracking whales is possible when whales are concentrated of the hydro-
phone array.

3:00
5aABal4. Biosonar performance of a false killer whale (Pseudorca
crassidens) improved with practice. Robert Gisiner (Marine Mammal
Commission, 4340 East-West Highway, Room 700, Bethesda, CA 20814,
USA, bgisiner@mmc.gov)

Cylinder wall thickness discrimination tasks have been used to assess
the limits of dolphin biosonar. An attempt to replicate the benchmark data
from a bottlenose dolphin (Tursiops truncatus) resulted in a surprising order
of magnitude better performance by a false killer whale. The improvement
came over multiple testing episodes, which suggests that initial limits to dis-
crimination were overcome by learning; either through better understanding
of the reinforcement contingencies, attention to novel sources of information
within the returning echoes, or both. These results offer important insights
into methodological considerations for testing animal psychophysical per-
formance, especially for sensory performances like echolocation in which
the subject exercises active control over the sensory input. The ability to im-
prove sensory performance with practice also offers insights into the way
the echo information is processed into an internal representation of external
physical reality by the central nervous system, a process that is very likely
open to improvement through experience, or learning, throughout the indi-
vidual’s life.

3:20

5aABal5. An analysis of Humpback whale songs for individual
classification. Suleman Mazhar (URA Laboratory, Institute of Industrial
Science, The University of Tokyo, 4-6-1, Komaba, Meguro, 153-8505 To-
kyo, Japan, suleman@iis.u-tokyo.ac.jp), Tamaki Ura (URA Laboratory, In-
stitute of Industrial Science, The University of Tokyo, 4-6-1, Komaba, Me-
guro, 153-8505  Tokyo, Japan, ura@iis.u-tokyo.ac.jp), Rajendar
Bahl (Indian Institute of Technology, Delhi, Hauz Khas, 110016 New Delhi,
India, rbahl@care.iitd.ernet.in)

Acoustics based tracking systems are in use for studying cetacean
behaviour. Such noninvasive techniques can also prove efficient for popula-
tion assessment of vocally active species. One problem in this regard is to
distinguish already counted reappearing cetaceans, even if reappearance oc-
curs after a brief interval. In this connection we propose development of in-
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dividual identification system for humpback whales (Megaptera
novaeangliae) based on unique acoustic features underlying a song. Earlier
we analyzed recognition performance of cepstrum based voice signature in
seven humpback whales. The results were based on training and test data
sampled from the same song. In this work, we test our hypothesis using data
from different songs (i.e., recording timings of training and test data sets do
not overlap) for two different individuals. Recognition rates for two indi-
viduals are above 80% and 95%, respectively. However an eight years old
song gives degraded recognition rate of around 58%. The results give an
insight into the effects of temporal song evolution on accuracy of our
system. Our observations are followed by harmonic analysis of song units in
two individuals. Cepstral coefficients and support vector machine (SVM)
were used for classification and signal band-crossing rate was used for seg-
menting song units.

3:40

5aABal6é. Phonemic segment characterization of Norwegian Kkiller
whale call types. Ari D. Shapiro (Woods Hole Oceanographic Institution,
Applied Ocean Physics & Engineering Dept., Woods Hole, MA 02543,
USA, ashapiro@whoi.edu), Stephanie Seneff (Massachusetts Institute of
Technology, Computer Science and Atritifical Intelligence Laboratory, Spo-
ken Language Systems Group, Cambridge, MA 02139, USA,
seneff@csail.mit.edu), Peter Tyack (Woods Hole Oceanographic Institu-
tion, Applied Ocean Physics & Engineering Dept., Woods Hole, MA 02543,
USA, ptyack@whoi.edu)

An important issue in animal vocal communication concerns the funda-
mental unit used to build signals into a repertoire and the syntactic rules
associated with that assembly. Killer whale vocal production has tradition-
ally been categorized by human observers into a set of discrete call types.
These call types often contain internal spectral shifts, silent gaps and syn-
chronously produced low and high frequency components. Such features
motivated the analysis here which tested whether call types could be repre-
sented by a set of flexibly arranged and smaller phonemic segments. We
evaluated whether segmented characterizations of stereotyped Norwegian
killer whale calls yielded automated classification results of contour traces
that paralleled a classification scheme using whole call type designations.
Representations of calls in their entirety or as sets of either distinct or shared
syllables did achieve similar performance. Calls composed of shared seg-
ments may provide a more parsimonious approach to parsing the vocal
stream since there were fewer segments than call types, nearly 75% of all
call types contained at least one shared syllable, and some syntactic patterns
were evident. Such a system could flexibly generate new call types and con-
tain the killer whale vocal repertoire within a subset of the possible combi-
nations of segments.

4:00

5aABal7. AFM and BSEM: Novel approaches to the Basilar
Membrane. Darlene R. Ketten (NIH/NIDCD and WHOI, Section on Au-
ditory Mechanics, Bldg 10-5D49, Bethesda, MD 20892, USA,
dketten@whoi.edu), Emilios K. Dimitriadis (NIH/NIDCD and WHOI,
Section on Auditory Mechanics, Bldg 10-5D49, Bethesda, MD 20892, USA,
dimitria@helix.nih.gov), Richard S. Chadwick (NIH/NIDCD and WHOI,
Section on Auditory Mechanics, Bldg 10-5D49, Bethesda, MD 20892, USA,
chadwick@helix.nih.gov), David Mountain (Boston University, Biomedi-
cal Engineering Dept., 44 Cummington St., Boston, MA 02215, USA, dcm
@bu.edu)

For over a half century, researchers have probed cochlear biophysics
with increasingly sophisticated technologies. Recently, we brought two new
approaches, atomic force microscopy (AFM) and backscatter electron mi-
croscopy (BSEM), to bear on the question of how basilar membrane struc-
tural variations affect mechanical responses. Hemi-cochleae and basilar
membrane segments were obtained from rat, guinea pig, and gerbil ears by
temporal bone microdissection. Hemi-cochleae in PBS or formalin were im-
aged in a hydrated, uncoated state (VP wet mode) in Petri dishes mounted
on boutons using an Hitachi S3400 N-1 SEM. Membrane segments were
excised, trimmed of laminae and ligament remnants, and mounted on
polylysine/albumin-coated glass for AFM imaging and force measurements.
Both BSEM and AFM data indicate two distinct regions consistent with
softer ground substance separating relatively stiff, ordered fiber bundles ori-
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ented radially in pectinate regions. Fibers and bundles ranged 0.3 to 1 um in
diameter with elasticity values, based on a Hertzian contact model, in the
hundreds of kPa range, consistent with mixed elastin and collagen. Greatest
variations occurred in matrix spacing, suggesting differences are attributable
largely to packing density. Middle turn ground substance spacing averaged
1.5 um, consistent with previously reported values (Naidu and Mountain,
2007; Fung, 1993).

4:20

5aABal8. Depth, orientation, and acoustics of sperm whales (Physeter
macrocephalus) under natural and depredation foraging conditions in
the Gulf of Alaska. Delphine Mathias (Marine Physical Laboratory,
Scripps Institution of Oceanography, 9500 Gilman Dr, MC 0238, La Jolla,
CA 92093-0238, USA, delphine.mathias@gmail.com), Aaron
Thode (Marine Physical Laboratory, Scripps Institution of Oceanography,
9500 Gilman Dr, MC 0238, La Jolla, CA 92093-0238, USA,
athode@ucsd.edu), Jan Straley (University of Alaska SE, 1332 Seward
Ave, Sitka, AK 99835, USA, jan.straley@uas.alaska.edu), Kendall
Folkert (PO Box 6497, Sitka, AK 99835, USA,
kendallcobra@yahoo.com), John Calambokidis (Cascadia Research Col-
lective, 218 1/2 W. 4th Ave., Olympia, WA 98501, USA,
calambokidis@cascadiaresearch.org), Greg Schorr (Cascadia Research
Collective, 218 1/2 W. 4th Ave.,, Olympia, WA 98501, USA,
GSchorr@cascadiaresearch.org), William C. Burgess (Greeneridge Sci-
ences Inc, 6060 Graham Hill Rd, suite f, Felton, CA 95018, USA,
burgess@greeneridge.com), Chris Lunsford (National Marine Fisheries
Service Auke Bay Laboratory, 11305 Glacier Hwy, Juneau, AK 99801-8626,
USA, chris.lunsford@noaa.gov)

In July 2007 bioacoustic tags were attached to adult sperm whales in the
Gulf of Alaska under both natural foraging conditions, and situations
wherein the animals were depredating sablefish from commercial longlining
vessels. A small Rigid-Hull Inflatable was used to approach and attach a
suction-cup acoustic recording tag on 13 occasions and stayed on animals
for a total of 168 hours, yielding 80 h of depth, orientation, and acoustic
data. These results, combined with passive acoustic tracking and underwater
video-camera data, indicate that sperm whales depredate at depths shallower
than 50 m, compared to natural foraging depths of 300-400 m in the area.
During depredation the animals demonstrate changes in pitch and roll that
are greater when compared with normal foraging behavior. Observations on
the acoustic behavior of the animals are noted as well. The fact that these
normally deep-diving animals depredate so close to the surface has interest-
ing implications for both depredation-reduction strategies and biosonar
research. [Work conducted under the SEASWAP program, supported by the
North Pacific Research Board and the National Geographic Society.]

4:40

5aABal9. Fin whale (Balaenoptera physalus) movements along the
Spanish mediterranean coast. Manuel Castellote (L’Oceanografic, C/.
Junta de Murs i Valls, s/n, 46013 Valencia, Spain, mcastellote
@oceanografic.org), José-Antonio Esteban (Research Department, Parques
Reunidos Valencia S. A. L’Oceanografic, Ciudad de las Artes y las Ciencias,
46013 Valencia, Spain, investigacion@oceanografic.org), Christopher W.
Clark (Cornell University Laboratory of Ornithology, Bioacoustics Re-
search Program, 159 Sapsucker Woods Road, Ithaca, NY 14850, USA, cwc2
@cornell.edu)

The Ligurian-Corsican-Provencal Basin is a fin whale summer feeding
ground, but little is known about the seasonal movement patterns of this
population. We acoustically monitored two regions off Spain (eastern and
southern) during summer-fall-winter 2006 using seafloor autonomous re-
cording units. Long patterned sequences of 20 Hz pulses and back-beats
from Mediterranean fin whales were identified in both study regions using
acoustic features as indicators of population identity. Eastern area: fin whale
sounds were detected at very high rates (122 pulses/hour) and between 40-
80% of time/day. The detection pattern can be explained by whales moving
gradually through the acoustic recorder’s detection area, suggesting that the
area is probably used as a passage between summer and winter grounds.
Southern area: detections from the same population were less abundant (21
pulses/hour) and between 10-35 % of time/day. The detection pattern shows
a highly variable distribution with no clear trend, suggesting that Mediter-
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ranean fin whales continuously remained in and moved out of the detection
area of the recorder from November to January. These results show that this
southern area is potentially used as a winter ground. This work documents a
new dispersion path towards the Alboran sea, a new potential winter ground.

5:00
5aABa20. Accurate estimation of the duration of tonal signals emitted
by marine mammals. Nicolas Sentenac (Thales Underwater Systems,
525, route des dolines, BP 157, 06903 Sophia Antipolis, France, nicolas
.sentenac@fr.thalesgroup.com)

Passive acoustic marine mammals detection and classification is of great
importance nowadays. The goal of this article is to present a tool that can be
used to accurately measure the duration of tonal emissions from marine

mammals, helping to classify them. Marine mammals emissions can be split
into two different kinds and one of them is tonal emission. It can be defined
by its narrow band frequency pattern. Narrow band signals can be detected
in the time/frequency space thanks to the use of the spectrogram and thanks
to a quadratic contrast criterion. The expression of this criterion for signal-
only and noise-only is straightforward. This article will introduce the ex-
pression of a lower bound of the expectation of the criterion when signal and
noise are mixed. As this lower bound is a function of signal to noise ratio, it
can be used to threshold the criterion with the desired signal to noise ratio
value. When the criterion is computed along time on a sliding window, nar-
row band signals with a higher snr than the thresholding one are detected as
soon as they appear and until they vanish, giving an accurate estimation of
the duration of such signals.

FRIDAY MORNING, 4 JULY 2008

Invited Paper

5:20

5aABa2l. Ultrasonic production and reception in frogs: Lessons from Asia. Peter Narins (UCLA, Dept. of Physiological Sci-
ence, 621 Charles E. Young Drive S., Los Angeles, CA 90095-1606, USA, pnarins@ucla.edu)

Among the vertebrates, only microchiropteran bats, cetaceans and some rodents are known to produce and detect ultrasonic (US)
frequencies for the purpose of communication and/or echolocation, suggesting that this capacity may be restricted to mammals. We have
recently provided the first evidence of ultrasonic communication in an amphibian - the concave-eared torrent frog, Amolops tormotus
(Ranidae) from Huangshan Hot Springs, China. Males of A. tormotus produce diverse birdlike melodic calls with pronounced frequency
modulations that often contain spectral energy in the US range. Acoustic playback experiments conducted in the animal’s natural habitat
confirmed that the audible as well as the US components of an A. tormotus call could effectively evoke males’ vocal responses. Elec-
trophysiological recordings from the auditory midbrain confirmed the US hearing capacity of these frogs and that of a sympatric species
facing similar environmental constraints. This extraordinary upward extension into the ultrasonic range of both the harmonic content of
the advertisement calls and the frog’s hearing sensitivity is likely to have coevolved in response to the intense, predominately low-
frequency ambient noise from local streams. Supported by NIH grant DC-00222.

Session 5aABb

Animal Bioacoustics: General Topics in Animal Bioacoustics 111 (Poster Session)

Richard Fay, Cochair
Loyola University Chicago

Michel Andre, Cochair
Laboratori d’Aplicacions BioacuUstiques (Universitat Politecnica de Catalunya)

All posters will be on display from 9:40 a.m. to 11:20 a.m. To allow contributors an opportunity to see other posters, contributors of
odd-numbered papers will be at their posters from 9:40 a.m. to 10:30 a.m. and contributors of even-numbered papers will be at their
posters from 10:30 a.m. to 11:20 a.m.

Contributed Papers

P3-C, LEVEL 3, 9:40 TO 11:20 A.M.

5aABbl. A brownian energy depot model of the basilar membrane
oscillation. Chul Koo Kim (Yonsei University, Department of Physics,
Shinchon-dong, 120-749 Seoul, Republic of Korea, ckkim@yonsei.ac.kr)

Response of a living basilar membrane (BM) is significantly different
from that of the cadaver and is known to be essentially active. The best can-
didate for a generator of the active force in mammals is the outer hair cells.
By employing the outer hair cells as the energy depot, we newly propose an
interactive energy depot model for the basilar membrane. In this model, the
nonlinear responses and the spontaneous basilar membrane oscillation are
obtained. In the regime of small vibration, this model is reduced to the well-
known Hopf bifurcation model. Our model suggests two-fold roles of the
outer hair cells in hearing: an amplification for a weak stimulation and a
protection for a strong stimulation.
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5aABb2. Slow chaotic changes in the excitability of the auditory units.
Nikolay G. Bibikov (N.N. Andreyev Acustical Institute, Shvernik st. 4,
117036 Moscow, Russian Federation, bibikov@akin.ru), Alexandre B.
Dymov (N.N. Andreyev Acustical Institute, Shvernik st. 4, 117036 Mos-
cow, Russian Federation, dymov@mail.ru)

We explored the statistical properties of the spontaneous and evoked fir-
ing activity in the brainstem auditory units of the grass frog (Rana t
temporaria). We estimated the properties of spontaneous firing using the fol-
lowing functions: interspike interval distribution, hazard function, autocor-
relation functions for original and shifted sequence of interspike intervals,
function of interdependence of neighboring intervals. The dependences of
Fano and Allans factors upon the values of counting time (window size)
were also obtained. We observed a considerable deviation of the spontane-
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ous activity from the renewal process for the majority of units located both
in the dorsal medullar nucleus (homolog of cochlear nucleus in the
mammals) and in torus semicircularis (homolog of inferior colliculus). The
negative correlation between the neighboring short interspike intervals was
typical for some (mainly toral) units. However, generally week but quite re-
liable positive correlation between neighboring intervals was typical for the
great majority of neurons. The values of Fano and Allan factors were close
to 1 at window size less than 100-500 ms and increased in proportion to
some power for larger window sizes. The exponents of these power depen-
dences were different for different units.

5aABb3. Synchrony and neuromechanical sensitivity in the mosquito
hearing organ. Joseph C. Jackson (University of Bristol, D34 School of
Biological ~Sciences, Woodland Road, BS8 1UG Bristol, UK,
j.c.jackson@bris.ac.uk), Daniel Robert (University of Bristol, D34 School
of Biological Sciences, Woodland Road, BS8 1UG Bristol, UK, d.robert
@bris.ac.uk)

Sound detection is a fundamental tool for many biological organisms to
sense their environment. Sensing the particle velocity component of sound
waves has led to the evolution of exquisitely sensitive auditory organs: small
oscillators that are driven resonantly by the sound field. The sound detection
threshold is often indistinguishable from Brownian motion. To achieve such
low thresholds, the mammalian cochlea incorporates active mechanisms,
adding energy to the sound oscillations, and so enhancing sensitivity and
selectivity. Mosquito antennae are also endowed with active auditory
mechanics. Males use these highly sensitive external antennae to detect the
flight sound of females. Sound-induced oscillation of the antenna stimulates
thousands of mechanosensory neurones. The antenna exhibits dynamic re-
sponses remarkably similar to vertebrate auditory systems: self-oscillation
and amplitude-dependent bandwidth both occur. They also exhibit hitherto
unseen nonlinear responses including mid-level amplification and hysteresis.
The mechanisms for these effects are thought to derive from ciliary motility
in the mechanosensory neurones. We show that synchronization in the mo-
tile neurones generates large stable coherent forces that provide the antenna
with its nonlinear response characteristics. Synchronization ensures a coher-
ent neuronal output, improving signal fidelity. Finally, coherent force modi-
fies the dissipation of antennal energy, changing the bandwidth and enhanc-
ing sensitivity.

5aABb4. Changes in structure of Redwing’s (Turdus iliacus) local
dialect in time. Ludmila Osipova (St. Petersburg State University, Univer-
sitetskaya emb., 7/9, 199034 St. Petersburg, Russian Federation, osipoval
@yandex.ru)

The question of the period of existance of a local dialect is yet to be
answered. Were there a changes in time-and-frequency parameters of dia-
lects with time? If there were, what parameters had changed? On the basis
of original data for 2005 - 2007 period, and archives of Department of Ver-
tebrate Zoology of Saint-Petersburg State University, the history of local
dialect of Redwing (Turdus iliacus) from Saint-Petersburg’s outskirt
(Peterhof) was investigated.The archive contains recordings of local dialects
of Peterhof for 1960-1991 period. Until now, the longest period of local dia-
lect observation for this species did not exceed 10 years (Bjerke, 1981). In
observed period of 48 years several changes were found. Number of ele-
ments in phrase, it’s duration, frequency modulation of all elements, their
configuration, duration and frequency range. The major changes occurred to
the first element of song. It is gradual reduction with time is obvious.

5aABb5. Microacoustics: maintaining an ecologically relevant scale in
insect bioacoustics. Erica L. Morley (University of Bristol, D34 School of
Biological ~Sciences, Woodland Road, BS8 1UG Bristol, UK,
Erica.Morley@bristol.ac.uk), Thorin  Jonsson (University —of Bristol,
School of Biological Sciences, Woodland Road, BS8 1UG Bristol, UK,
t.jonsson@bristol.ac.uk), Daniel Robert (University of Bristol, D34 School
of Biological Sciences, Woodland Road, BS8 1UG Bristol, UK, d.robert
@bris.ac.uk)

A major challenge when studying an organism is to maintain its envi-
ronment and context as reliably as possible. When looking at sensory sys-
tems it is crucial not to assume the animal’s perception the same as ours and
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instead measure and mimic more accurately the natural stimuli driving the
sensors. In insect bioacoustics the usual practice in playback and recording
techniques overlooks differences in scale and context in which the organ-
ism’s sensory system evolved. Here we present an approach to emit and
record low-amplitude near-field sound, while maintaining an ecologically
relevant scale, in Drosophila melanogaster. To mimic the effect of male
courtship song on the female sound receiver (antennae) a mechanical mi-
crowing was constructed simulating, in power and geometry, particle veloc-
ity signals emitted by singing males, with its efficacy tested by behavioural
assay. Development of a miniature particle velocity microphone was also
initiated for recording signals in the fly’s immediate vicinity (<2 mm) to
elucidate the magnitude, temporal and radiation characteristics of the pro-
duced sound-field.

5aABb6. The effect of courtship song components in Drosophila
melanogaster. Yu-Po Chen (University of Bristol, D34 School of Biologi-
cal  Sciences, Woodland Road, BS8 1UG Bristol, UK,
Yu-po.Chen@bristol.ac.uk), Joseph C. Jackson (University of Bristol, D34
School of Biological Sciences, Woodland Road, BS8 1UG Bristol, UK,
j.c.jackson@bris.ac.uk), James F. Windmill (University of Bristol, D34
School of Biological Sciences, Woodland Road, BS8 1UG Bristol, UK,
james.windmill@bristol.ac.uk), Daniel Robert (University of Bristol, D34
School of Biological Sciences, Woodland Road, BS8 1UG Bristol, UK,
d.robert@bris.ac.uk)

Courtship between male and female Drosophila melanogaster involves a
complex emission of sounds produced by the male. This song comprises two
aspects: a low-frequency sine song followed by a series of intense pulses.
These songs increase the chances of the female accepting the male. How-
ever, the reason for the complexity of the song, and the effect on the female
of the song’s components, is poorly understood. Using measurements of the
male courtship song for a canonical stimulus, we investigate the importance
of the sine song on both the mechanical and electrophysiological responses
of the female antenna: the nonlinear auditory sensor. While stimulating the
antenna with modified courtship songs, antennal motion was measured using
laser Doppler vibrometry, and compound potentials were simultaneously
measured from the auditory neurones. Results show that, even at the periph-
ery, there exists a significant change in the way the antenna responds to the
pulses as a function of the sine song intensity, most emphatically through the
neurophysiological signals. Results indicate that the sine song is an advan-
tageous trait used to increase the female perception of the pulses in both
time and amplitude sensitivity, and therefore improve the male’s chance of
successfully courting a female.

5aABb?7. The Locust’s tympanal mechanics. James F.
Windmill (University of Bristol, D34 School of Biological Sciences, Wood-
land Road, BS8 1UG Bristol, UK, james.windmill@bristol.ac.uk), Samuel
D. Bockenhauer (Stanford University, 208 Rosse Ln, #305, Stanford,
94305, USA, shockenhauer@gmail.com), Thomas R.
McDonagh (University of Bristol, School of Biological Sciences, Woodland
Road, BS8 1UG Bristol, UK, tm3377@bristol.ac.uk), Daniel
Robert (University of Bristol, D34 School of Biological Sciences, Wood-
land Road, BS8 1UG Bristol, UK, d.robert@bris.ac.uk)

In the ear of the desert locust frequency analysis arises from the me-
chanical properties of the tympanal membrane. Incident sound is spatially
decomposed into discrete frequency components through a tympanal travel-
ling wave that funnels mechanical energy to specific tympanal locations,
where distinct groups of mechanoreceptor neurones project. Initial analysis
of the travelling waves employs conventional, steady state FFT, allowing a
detailed analysis of the spatial composition of different frequencies onto the
membrane. To further understand the exact mechanics of the tympanal trav-
elling wave, its motion was also measured in the time domain to characterise
its response to single impulse and single frequency stimuli, with a resolution
of 390 ns. This allows the measurement of instantaneous wave velocity and
the direct observation of wave compression across the tympanum. The lo-
cust tympanal membrane locust exploits tonotopic frequency analysis, in a
similar sense to that of the travelling waves of von Békésy on the mamma-
lian basilar membrane. However, von Békésy’s wave is born from interac-
tions between the anisotropic basilar membrane and surrounding incom-
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pressible fluids, whereas the locust’s wave rides on an anisotropic
membrane suspended in air. The locust’s tympanum thus combines the func-
tions of both sound reception and frequency analysis.

5aABb8. Automated acoustic identification of beetle larvae in imported
goods using time domain analysis. James Schofield (University of York,
Department of Electronics, Heslington, YO10 5DD York, UK,
js617@york.ac.uk), David Chesmore (University of York, Department of
Electronics, Heslington, YO10 5DD York, UK, edc1@ohm.york.ac.uk)

The detection of insect pests in imported goods is of considerable eco-
nomic importance and the automation of this process is becoming more vi-
able both technologically and financially. As a result, the Department for En-
vironment, Food and Rural Affairs in the UK has funded a research project
to develop instrumentation facilitating real-time acoustic detection of the
feeding activity of insect larvae inside imported goods, such as timber. The
instrumentation will also be capable of species-level identification. Previous
work at York has shown that detection of beetle larvae in wood is possible
using low cost piezoelectric sensors. The project described here extends this
work by investigating a number of signal analysis methods for robust detec-
tion of biting events, including fractal dimension analysis. Identification is
currently being carried out using time domain signal coding and artificial
neural networks. This paper will concentrate on the results of various algo-
rithms for the estimation of fractal dimension and their relative suitability
for bite detection. The effects of varying sampling rates, threshold levels and
signal-to-noise ratio on the detection rate will be demonstrated.

5aABb9. Sound insulation of artificial and natural sound signals in
reeds habitats. Igor lanovschi (Universitetskaja nab. 7/9, Dep. Vertebrate
Zoology, 199034 St. Petersburg, Russian Federation,
igorul@mail.ru), Ludmila Osipova (St. Petersburg State University, Uni-
versitetskaya emb., 7/9, 199034 St. Petersburg, Russian Federation, osipoval
@yandex.ru)

From the point of view of acoustical communication, dense fields of
reeds are strong acoustical filtre which distorts original sound signal. In this
research the rate of sound signals sound insulation in massives of reeds was
estimated. As a models were used artificially synthesized, modulated by fre-
quency signals of three frequency lines: 1-2 kHz, 2-4 kHz, and 4-8 kHz with
duration of 0.1 and 0.25 msec. For comparison were also used elements of
bird songs. The least damping was noted in signals with descending fre-
quency modulation in 8 - 4 kHz range in the upper level of reeds (6 db on
10 m). The most damping were noted in signals with descending frequency
modulation in 2 - 1 kHz in the middle level of juncaceous massive(18 db to
10 m). The signals with frequency modulation of 4-2 kHz were extending
better in the upper level of reeds (7-8 db), whereas in the lower and upper
levels were noted dependence of damping rate on duration of sound impulse
- the signals with duration of 0.25 mec were damping less than signals with
duration of 0.1 msec . The elements of bird songs during their emission in
the middle level of juncaceous massive were damping by 15-20 db on 10 m.

5aABb10. Echolocation and flight strategies of Japanese house bats
(Pipistrellus abramus) to attack a prey in the field revealed by a
microphone array. Emyo Fujioka (Faculty of Engineering, Doshisha
Univ,, 1-3 Miyakodani Tatara, 610-0321 Kyotanabe, Japan,
dth0902@mail4.doshisha.ac.jp), Shigeki Mantani (Faculty of Engineering,
Doshisha Univ., 1-3 Miyakodani Tatara, 610-0321 Kyotanabe, Japan,
bte2058@mail4.doshisha.ac.jp), Michihiro Fukuda (Faculty of Engineer-
ing, Doshisha Univ., 1-3 Miyakodani Tatara, 610-0321 Kyotanabe, Japan,
dtg0108@mail4.doshisha.ac.jp), Shizuko Hiryu (Faculty of Engineering,
Doshisha Univ., 1-3 Miyakodani Tatara, 610-0321 Kyotanabe, Japan,
shiryu@mail.doshisha.ac.jp), Hiroshi Riquimaroux (Faculty of Engineer-
ing, Doshisha Univ., 1-3 Miyakodani Tatara, 610-0321 Kyotanabe, Japan,
hrikimar@mail.doshisha.ac.jp), Yoshiaki Watanabe (Faculty of Engineer-
ing, Doshisha Univ., 1-3 Miyakodani Tatara, 610-0321 Kyotanabe, Japan,
kwatanab@mail.doshisha.ac.jp)

Bats are supposed to have effective strategies for achieving a good bal-
ance between echolocation and flight behaviors while capturing small mov-
ing insects in the field. To reveal their strategies for catching insects, we
successfully reconstructed 3-D flight trajectories for the bat to forage in the
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field by a four-microphone array system, and conducted both acoustical and
behavioral analyses for capturing behavior. Data show that the flying bats
changed their flight direction flexibly, and sometime repeated capturing in-
sects every two to three seconds. During the search phase, the bat moved
0.5-0.8 m during an interval between successive pulses (IPl) and then de-
creased that the moving distance during an IP1 up to 0.1 m just before cap-
turing a prey. Interestingly, we found that the bat tended to descend toward
a prey from above when the approach phase started. This suggests that for-
aging bats may effectively utilize gravity for an easy acceleration toward the
prey to concentrate on the complex echolocation for capturing moving
insects. [Supported by a grant to RCAST at Doshisha Univ. from MEXT of
Japan: Special Research Grants for Development of Characteristic Educa-
tion from the Promotion and Mutual Aid Corporation for Private Schools
Japan, Innovative Cluster Creation Project. ]

5aABbl1l. Optimization of the characteristics of receiving echoes by
free-flying echolocating bats, revealed by onboard pulse-echo
recordings. Shizuko Hiryu (Faculty of Engineering, Doshisha Univ., 1-3
Miyakodani Tatara, 610-0321 Kyotanabe, Japan,
shiryu@mail.doshisha.ac.jp), Yu Shiori (Faculty of Engineering, Doshisha
Univ,, 1-3 Miyakodani Tatara, 610-0321 Kyotanabe, Japan,
dtg0165@mail4.doshisha.ac.jp), Tatsuro Hosokawa (Faculty of Engineer-
ing, Doshisha Univ., 1-3 Miyakodani Tatara, 610-0321 Kyotanabe, Japan,
dtg0119@mail4.doshisha.ac.jp), Hiroshi Riquimaroux (Faculty of Engi-
neering, Doshisha Univ., 1-3 Miyakodani Tatara, 610-0321 Kyotanabe, Ja-
pan, hrikimar@mail.doshisha.ac.jp), Yoshiaki Watanabe (Faculty of Engi-
neering, Doshisha Univ., 1-3 Miyakodani Tatara, 610-0321 Kyotanabe,
Japan, kwatanab@mail.doshisha.ac.jp)

To understand complex sensory-motor behavior underlying echolocation
by bats, we need to precisely measure acoustic characteristics of echoes that
the bats actually listen to during flight. However, it has been technically-
difficult to develop a small and light enough microphone set at the position
of the bat’s ear, and information about the echoes is so far virtually lacked.
Here, we have successfully monitored these returning echoes by means of
an onboard telemetry microphone mounted on the bats, and we confirmed
that the free-flying horseshoe bats compensated for Doppler-shifts by adjust-
ing their call frequency, thus maintaining the echo frequency at constant.
Furthermore, we found that the bats also adjusted pulse amplitude with the
distance to maintain the echo intensity within the narrow range. Receiving
echoes with stable amplitude could help the bats to sustain consistent analy-
sis of successive echoes, and combined frequency and amplitude compen-
sation may be for optimization of successive echoes for target range estima-
tion to control approach and landing. [Supported by a grant to RCAST at
Doshisha Univ. from MEXT of Japan: Special Research Grants for the De-
velopment of Characteristic Education from the Promotion and Mutual Aid
Corporation for Private Schools of Japan and the Innovative Cluster Cre-
ation Project. |

5aABb12. Some problems of analyzing bio-sonar echolocation signals
generated by echolocating animals living in the water and in the air.
Tadeusz Gudra (Wroclaw University of Technology/Institute of Telecom-
munications, Teleinformatics and Acoustics, Wybrzeze Wyspianskiego 27,
50-370  Wroclaw, Poland, Tadeusz.Gudra@pwr.wroc.pl), Krzysztof
Herman (Wroclaw University of Technology/Institute of Telecommunica-
tions, Teleinformatics and Acoustics, Wybrzeze Wyspianskiego 27, 50-370
Wroclaw, Poland, krzysztof.herman@pwr.wroc.pl)

In this paper some similarities and differences of bio-sonar echolocation
signals generated in the water and in the air are presented. The echolocation
cues of marine mammals and bats are usually frequency and amplitude sig-
nals modulated simultaneously. The main problems of the analysis of such
type of signals are envelope detecting and time-frequency decomposition. In
this paper some digital signal processing (DSP) algorithms that may be used
to analyze this type of signals are presented. The basic linear spectrogram
(STFS), the nonlinear Winger-Vill’e spectrogram and some time-scale rep-
resentations of signals using wavelets methods of estimation of the fre-
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quency modulation function have been compared. An analysis of possibili-
ties for acoustic identification of particular species of bats by means of
echolocation is also presented.

5aABb13. Blue whale calls characterization using chirplet transform.
Mohammed Bahoura (Eng. Dept., Université du Québec, 300 Allée des Ur-
sulines, P.O. Box 3300, Rimouski, QC G5L-3Al, Canada,
mohammed_bahoura@ugar.qc.ca), Yvan Simard (Fisheries and Oceans
Canada & ISMER-UQAR, 850 route de la Mer, P.O. Box 1000, Mont-Joli,
QC G5H-324, Canada, simardy@dfo-mpo.gc.ca)

The blue whale, Balaenoptera musculus, frequently produce distinctive
low-frequency (<100 Hz) signature calls that propagate over large distances
in deep oceans. Their efficient detection and identification under variable
noise conditions in long-term recordings is a basic requirement of passive
acoustic monitoring systems used for studying distributional ecology and
habitat selection of these large-scale migrant animals. In North Atlantic, blue
whale signature calls are the A and B infrasounds (15-20 Hz), which often
occur together in AB phrases, and the audible D-call (35-120 Hz), also
known as arch sound. Given the distinction of these calls by their frequency
band and rate of change in frequency, the chirplet transform appears well
adapted to characterize such calls. We test here this new approach from sub-
set of vocalizations of blue whale sounds recorded in St. Lawrence Estuary.
The recordings are band-pass filtered and segmented to isolate individual
calls. Then, a feature vector based on the chirplet transform is extracted
from each call. Finally, vector quantization (VQ) is used to classify the calls
into A, B, and D vocalizations. The performance of the method is compared
for various VQ code book sizes. Small code book sizes using only 3 features
produced classification rates exceeding 92%.

5aABb14. Burst pulses produced by free-ranging bottlenose dolphins
in Tampa Bay, Florida and Mississippi Sound, Mississippi. Natalija
Lace (University of Southern Mississippi, 118 College Drive, Box 5025,
Hattiesburg, MS 39406, USA, kodzaks@yahoo.com), Stan A.
Kuczaj (University of Southern Mississippi, 118 College Drive, Box 5025,
Hattiesburg, MS 39406, USA, s.kuczaj@usm.edu), Marc  O.
Lammers (Hawaii Institute of Marine Biology, P.O. Box 1106, Kailua, HI
96734, USA, lammers@hawaii.edu)

Investigations of the bottlenose dolphin’s acoustic repertoire have
mainly focused on whistles and echolocation clicks. However, despite their
widespread occurrence, burst pulses have not received much attention. The
primary function of burst pulses remains unknown and a comparative analy-
sis can be used to advance our knowledge of the function of burst pulses. We
recorded the acoustic repertoires of free-ranging bottlenose dolphins in the
Tampa Bay and Mississippi Sound areas using broadband recording
equipment. The two habitats differ in their environmental features, including
water temperature, ambient noise levels and water turbidity. Our preliminary
data show that several acoustic parameters such as peak frequency and cen-
ter frequency of burst pulses differ among habitats. We also report other
acoustic parameters, such as the number of clicks, inter-click interval, 3-dB
and rms bandwidth. In our ongoing study, we will examine relationships be-
tween environmental features of the habitats and the acoustic characteristics
of burst pulses.

5aABb15. First report of burst-pulse vocalizations from white-beaked
dolphins (Lagenorhynchus albirostris). Peter Simard (University of South
Florida, College of Marine Science, 140 7th Ave. S., St. Petersburg, FL
33701, USA, psimard@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), Shannon Gowans (Eckerd College,
Galbraith Marine Science Laboratory, 4200 54th Ave South, St. Petersburg,
FL 33711, USA, gowanss@eckerd.edu)

Dolphin vocalizations are generally categorized as tonal whistles or
pulsed clicks. Pulsed signals in dolphins are usually associated with echolo-
cation, however an increasing number of species are found to produce burst
pulse signals which may be used for communication. Groups of white-
beaked dolphins (Lagenorhynchus albirostris) were recorded from a 4.2 m
rigid inflatable boat near Halifax, Canada with a hydrophone towed 25 m
behind the boat at a depth of approximately 5m, and an M-Audio 24/96
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digital recorder (16 bit, 96 kHz). During one 23-minute encounter, 11 burst
pulse segments were recorded. Mean burst pulse duration was 0.83s (SD
0.51, range 0.22s - 1.74s). Seven segments with high signal to noise ratios
were manually selected for analysis in Matlab. Mean pulse rate was 765 Hz
(SD 182.2, range 552 Hz - 941 Hz). These durations and pulse rates are
similar to those reported for other dolphin species. These vocalizations were
made immediately before the group began actively swimming away from
the boat at high speed, suggesting that these vocalizations are used in ago-
nistic encounters as suggested for other species of dolphins. This is the first
time burst-pulse vocalizations have been reported in this species.

5aABb16. Real-time acoustic monitoring of the deep-ocean
environment.  Michel Andre (Laboratori d’Aplicacions Bioacustiques
(Universitat Politecnica de Catalunya), avda. Rambla Exposicié s/n, 08800
Vilanova i la Geltrd, Spain, michel.andre@upc.edu), Mike Van Der Schaar

(Laboratori d’Aplicacions BioacuUstiques (Universitat Politecnica de
Catalunya), avda. Rambla Exposici6 s/n, 08800 Vilanova i la Geltrd, Spain,
mike.vanderschaar@upc.edu), A. Mas (Laboratori d’Aplicacions Bioacus-
tiques (Universitat Politécnica de Catalunya), avda. Rambla Exposici6 s/n,
08800 Vilanova i la Geltrd, Spain, alex.mas@Ilab.upc.edu), A.
Roma (Laboratori d’Aplicacions BioacUstiques (Universitat Politecnica de
Catalunya), avda. Rambla Exposici6 s/n, 08800 Vilanova i la Geltrd, Spain,
agnes.roma@Ilab.upc.edu), J.v. Castell (Laboratori d’Aplicacions BioacUs-
tiques (Universitat Politecnica de Catalunya), avda. Rambla Exposicié s/n,
08800 Vilanova i la Geltrt, Spain, joan.v.castell@lab.upc.edu), Maria
Morell (Laboratori d’Aplicacions BioacUstiques (Universitat Politecnica de
Catalunya), avda. Rambla Exposici6 s/n, 08800 Vilanova i la Geltrd, Spain,
maria.morell@Iab.upc.edu), M. Solé (Laboratori d’Aplicacions Bioacus-
tiques (Universitat Politécnica de Catalunya), avda. Rambla Exposici6 s/n,
08800 Vilanova i la Geltrd, Spain, marta.sole@lab.upc.edu), J.f.
Rolin (IFREMER, Centre de Brest, BP 70, 29280 Plouzane, France,
jean.francois.rolin@ifremer.fr), Roland Person (IFREMER, Centre de
Brest, BP 70, 29280 Plouzane, France, roland.person@ifremer.fr)

ESONET is a European Network of Excellence (NoE) associating 50
partners (research centres, universities, industrials and SMEs) from 14
countries: France, Germany, Italy, UK, Spain, Portugal, Greece, Belgium,
Ireland, the Netherlands, Norway, Sweden, Bulgaria, and Turkey. More than
300 scientists and engineers will participate to its activities. The aim of the
ESONET NoE is the lasting integration of European research on deep-sea
multidisciplinary observatories. ESONET is particularly sensitive on the ef-
fects of noise on marine organisms. Because our knowledge is still quite
limited, ESONET is developing a Demonstration Mission, called LIDO, Lis-
tening to the Deep-Ocean Environment, a research program that will help
establishing a scientific base to allow (1) the real-time automatic identifica-
tion and classification of nonbiological and biological sounds, (2) the moni-
toring of marine organisms and population dynamics, (3) the assessment and
control of the long term effects of anthropogenic sources on marine organ-
isms, (4) the education of the public, end-users and the administration, and
(5) the approval of ethical guidelines and procedures. This latter point con-
stitutes a major criterion to award the ESONET LABEL to the
observatories. This paper presents the data management architecture and the
RT analysis processes that will be carried out at the observatories.

5aABb17. The acoustic role of supralaryngeal air sacs. Bart De Boer
(Spuistraat 210, 1012VT Amsterdam, Netherlands, b.g.deboer@uva.nl)

This paper investigates the acoustic effect of supralaryngeal air sacs on
the range of sounds that a given vocal tract can generate. Humans do not
have supralaryngeal air sacs, whereas apes (chimpanzees, orangutans and
gorillas) do. It has also been found that the anatomy of the hyoid bone of
Neanderthals (the Kebara hyoid) is consistent with the absence of air sacs,
while that of Australopithecines (the Dikika baby) is consistent with their
presence. As an important difference between humans and all other primates
is that humans speak, it has been suggested that the loss of air sacs has
something to do with the evolution of speech. Here an articulatory model is
used to compare the acoustic properties of a humanlike vocal tract with and
without a chimpanzeelike air sac. The articulatory model is based on the
Mermelstein model, and the air sac is a simplified model of a side branch
with the approximate size of a chimpanzee air sac. It is found that the air sac
reduces the range of articulations, and decreases the average formant
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frequency. This would provide an explanation for the presence of air sacs in
apes (size exaggeration) and their disappearance in humans (increased ar-
ticulatory range).

5aABb18. Quantitative assessment of bone properties during defect
healing in an animal defect model after augmentation with different
bone graft materials using scanning acoustic microscopy. Mathias
Schulz (ZHBO Universitatsklinikum Halle, Dept. of Traumatology and Re-
constructive Surgery, Ernst-Grube-Str. 40, 06120 Halle, Germany,
mathias.schulz@medizin.uni-halle.de), Kay Raum (Martin Luther Univer-
sity of Halle-Wittenberg, Dept. of Orthopedics, Q-BAM Group, Magdebur-
ger Str. 22, 06097 Halle, Germany, kay.raum@medizin.uni-halle.de), Joerg
Brandt (Martin Luther University of Halle-Wittenberg, Dept. of Orthope-
dics, Q-BAM Group, Magdeburger Str. 22, 06097 Halle, Germany,
joerg.brandt@medizin.uni-halle.de), Kay Brehme (ZHBO Univer-
sitatsklinikum Halle, Dept. of Traumatology and Reconstructive Surgery,
Ernst-Grube-Str. 40, 06120 Halle, Germany, kay.brehme@medizin.uni-halle
.de)

The aim of this study was to evaluate the dynamic process of bone heal-
ing and bone remodeling in an animal defect model. A nanocrystalline hy-
droxyapatite in an aqueous suspension paste and mixed with either autog-
enous or allogenic bone was implanted. The investigation was performed
using quantitative acoustic microscopy at a frequency of 50 MHz. 4-mm di-
ameter defects were prepared on each femur at distal metaphysis in 60 white
New Zealand rabbits. The animals were sacrificed after 2, 4, 6, 8, or 12
weeks. The influences on the acoustic impedance values only in the newly
formed bone were analyzed by two-factor analysis of variance and post-hoc
multiple comparison tests. Moreover, the kinetics of bone stiffening was
evaluated by fitting the impedance data to an exponential growth model. In
all treatment groups the impedance increased with healing time. Significant
differences between the treatment groups were observed 4, 6, and 8 weeks
after treatment (p<<0.05). The experimental results agreed with the exponen-
tial growth model with coefficients of correlation (R2) between 0.6 and 0.8.
Nanocrystalline hydroxyapatite paste in combination with autogenous bone
was found to be superior to the other evaluated treatment strategies.

5aABb19. An opportunistic passive acoustics study of the spatial and
temporal distribution and vocal behavior of Blainville’s beaked whale
(“Mesoplodon densirostris™) in the presence of mid-frequency active
sonar. David Moretti (NAVSEA, Newport Undersea Warfare Center,
Newport, Rl Rl 02841, USA, MorettiDJ@npt.nuwc.navy.mil), Ronald P.
Morrissey (Naval Undersea Warfare Center Division Newport, 1176 Howell
Street, Bldg 1351, 2nd Floor, Newport, RI 02841, USA,
morrisseyrp@npt.nuwc.navy.mil), Nancy A. Dimarzio (Naval Undersea
Warfare Center Division Newport, 1176 Howell Street, Bldg 1351, 2nd
Floor, Newport, Rl 02841, USA, dimarziona@npt.nuwc.navy.mil), Jessica
Ward (NAVSEA, Newport Undersea Warfare Center, Newport, Rl RI
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02841, USA, wardja@npt.nuwc.navy.mil),Susan Jarvis(Naval Undersea
Warfare Center Division Newport, 1176 Howell Street, Bldg 1351, 2nd
Floor, Newport, Rl 02841, USA, Sjarvis@wpi.edu), Elena
McCarthy (Naval Undersea Warfare Center Division Newport, 1176 Howell
Street, Bldg 1351, 2nd Floor, Newport, RI 02841, USA, mccarthy@nurc
.nato.int), Annamaria Izzi (Naval Undersea Warfare Center Division New-
port, 1176 Howell Street, Bldg 1351, 2nd Floor, Newport, Rl 02841, USA,
izzia.ctrmccarthy@nurc.nato.int)

The effect of mid-frequency active sonar, has increasingly become an
issue with navies worldwide. The U.S. navy ranges have been used to de-
velop passive acoustic algorithms and tools to detect, classify, and localize
marine mammal vocalizations which have been applied to an opportunistic
passive acoustic study of Blainville’s beaked whales. Based on Woods Hole
Oceanographic Digital Tags (Dtags), these animals are known to produce
echo-location clicks only during deep foraging dives. Using passive acous-
tics detection of vocalizations, foraging groups of animals were isolated and
the duration of vocalizations was used as a measure of foraging behavior.
The animals’ vocal behavior and spatial and temporal distribution were
characterized during periods with no active sonar on range. These results are
compared to those derived from opportunistic data obtained during multi-
ship active mid-frequency sonar operations.

5aABb20. Testing the acoustic tolerance of harbour porpoise hearing
for impulsive sounds. Klaus Lucke (FTZ Westkueste/University of Kiel,
Hafentoern 1, 25761 Buesum, Germany, lucke@ftz-west.uni-kiel.de), Paul
A. Lepper (Loughborough University, Electronic & Electrical Engineering,
LE11 3TU Leicestershire, UK, p.a.lepper@Iboro.ac.uk), Marie-Anne
Blanchet (Fjord&Belt / University of Southern Denmark, Margrethes Plads
1, 5300 Kerteminde, Denmark, marie@fjord-baelt.dk), Ursula
Siebert (FTZ Westkueste / University of Kiel, Hafentoern 1, 25761 Bue-
sum, Germany, ursula.siebert@ftz-west.uni-kiel.de)

The planned construction of offshore wind turbines in the North and
Baltic Seas involves the emission of high numbers of intense impulsive
sounds when the foundations of the turbines are being driven into the
ground by pile driving. Based on information from other odontocete ceta-
ceans it can be assumed that the source levels which will on average exceed
225 dB re 1 pPa pose a risk at least for temporary threshold shift (TTS) on
harbour porpoises which inhabit these waters. In order to base the definition
of noise exposure criteria on information on the tolerance of the hearing of
this species a TTS study was conducted on one of the harbour porpoises
held at the Fjord and Baelt in Kerteminde, Denmark. The hearing data were
collected by using the AEP method. An airgun was chosen as sound source
for the fatiguing sound stimulus to simulate the impulsive sounds at suffi-
ciently high levels. This study comprises the testing of the animals normal
hearing sensitivity and subsequent repetitions of these tests after an expo-
sure to single impulsive sounds from the airgun at increasing levels. The
baseline hearing data, thresholds for behavioural reactions and the resulting
TTS levels will be presented.
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11:00
5aA01. Analysis of Munk waveguide normal modes based on the
Rayleigh-Schrodinger perturbation and adiabatic invariant theories.
Luiz Guimardes (Dept. Fisica Nuclear, Instituto de Fisica, Universidade
Federal do Rio de Janeiro, Cx Postal 68528, 21945-970 Rio de Janeiro, Bra-
zil, LULA@IF.UFRJ.BR)

This work concerns to obtain accurate explicit formulas related to dis-
crete spectrum of the Munk deepwater acoustic wave guide problem. To this
end, based on the Rayleigh-Schrodinger perturbation theory, we developed
analytic results related to the discrete values of the radial wave numbers as
well as to the eigen pressure felds. We compare these previous results with
JWKB ones. In addition, based on invariant adiabatic theory to wave equa-
tion [1,2], we tried to improve the accuracy of the JWKB calculation apply-
ing Olver’s uniform asymptotic expansion (UAE) theory for the solution of
the second-order differential equation with two turning points [3-5]. Com-
paring these three above particular frameworks, we conclude that UAE
theory is accurate and it well describes the Munk wave guide normal modes.
[1] L. M. Brekhovskikh and Yu. P. Lysanov, Fundamentals of Ocean Acous-
tics, Spinger, N, 2001. [2] B. G. Katsnelson and V. G. Petnikov, Shallow
Water Acoustics. Spinger, UK, 2002. [3] F. W. J. Olver, Asymptotics and
special functions, Academic Press, London, 1974. [4] L. G. Guimardes and
H. M. Nussenzveig, J. Mod. Optic., 41, 625 (1994). [5] P. C. G. de Moraes
and L. G. Guimardes, JQSRT, 74 757 (2002).

11:20

5aA02. High-resolution population density imaging of random
scatterers through cross-spectral coherence in matched filter variance.
Mark Andrews (Northeastern University, 302 Stearns Center, Rm 311, 360
Huntington Ave, Boston, MA 02115, USA, Andrews.mar@neu.edu), Zheng
Gong (Northeastern University, 302 Stearns Center, Rm 311, 360 Hunting-
ton 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), Purnima
Ratilal (Northeastern University, 302 Stearns Center, Rm 311, 360 Hunting-
ton Ave, Boston, MA 02115, USA, purnima@ece.neu.edu)

The matched filter enables imaging with high spatial resolution and high
signal-to-noise ratio by coherent correlation with the expected field from
what is assumed to be a discrete scatterer. In many imaging systems, how-
ever, returns from large numbers of scatterers are received together and the
coherent or expected field vanishes. This is the case when imaging schools
of fish, other groups of marine life, or other diffuse scatterers in sonar or
ultrasound applications. Here we show that despite the absence of an ex-
pected field, cross spectral coherence in the matched filter variance retains a
pulse compression property that enables high-resolution imaging of scatterer
population density. Both analytic and numerical models are developed for
active imaging systems. We show the conditions for when the coherent in-
tensity can be neglected. The model is implemented for several scenarios
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where single scattering dominates and also for cases where multiple scatter-
ing is important. It can applied to imaging in both free space and waveguide
environments.

11:40
5aA03. Using angular dependence of multibeam echo features in
seabed classification. Zbigniew Lubniewski (Gdansk University of Tech-
nology, Department of Geoinformatics, Narutowicza 11/12, 80-952 Gdansk,
Poland, lubniew@eti.pg.gda.pl), Andrzej Chybicki (Gdansk University of
Technology, Department of Geoinformatics, Narutowicza 11/12, 80-952
Gdansk, Poland, andrzej.chybicki@eti.pg.gda.pl)

The approach to seabed classification based on processing multibeam so-
nar echoes is presented. The multibeam sonars, besides their well verified
and widely used applications like high resolution bathymetry measurements
or underwater object imaging, are also the promising tool in seafloor iden-
tification and classification, having several advantages over conventional
single beam echosounders. The proposed seabed classification method as-
sumes calculation of a set of parameters of an echo envelope, similarly as in
single beam classification. These parameters include echo energy, echo
length, statistical moments of echo energy and the set of echo shape
descriptors. They are extracted for each consecutive beam allowing the es-
timation of their dependence on seafloor incident angle. The characteristic
features of this dependence are described quantitatively and constitute the
input information for an automatic supervised seabed classifier. The results
of the simple classification procedure applied for multibeam data records ac-
quired from several bottom types in Gdansk Bay region are presented and
discussed.

12:00
5aA04. Applications of compression techniques for reducing the size of
multibeam sonar records. Andrzej Chybicki (Gdansk University of Tech-
nology, Department of Geoinformatics, Narutowicza 11/12, 80-952 Gdansk,
Poland, andrzej.chybicki@eti.pg.gda.pl), Marek Moszynski (Gdansk Uni-
versity of Technology, Department of Geoinformatics, Narutowicza 11/12,
80-952 Gdansk, Poland, marmo@eti.pg.gda.pl)

High efficiency of multibeam sonar system (MBS) hardware due to op-
erational requirements (i.e., high frequency, high ping rate, and high reso-
lution of collected data) results in very large volumes of datasets stored on
local hard drives of operator’s station. In this context, the process of ar-
chiving of such warehouse of data collected in previous surveys becomes
crucial problem. The paper investigates various lossy and lossless compres-
sion methods that can be applied to multibeam sonar data to reduce the size
of acquired files without loosing relevant information. The specific character
of MBS data allows applying various signal, image, and video compression
methods to achieve better results than when using standard ones. Various
techniques of reordering the data were analysed to achieve best possible
compression ratio.
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8:00

5aBBal. Designing advanced piezoelectric ceramics for novel ultrasonic applications. Erling Ringgaard (Ferroperm Piezocer-
amics A/S, Hejreskovvej 18A, 3490 Kvistgaard, Denmark, er@ferroperm.net), Wanda W. Wolny (Ferroperm Piezoceramics A/S, He-
jreskovvej 18A, 3490 Kvistgaard, Denmark, ww@ferroperm.net), Torsten Bove (Ferroperm Piezoceramics A/S, Hejreskovvej 18A,
3490 Kvistgaard, Denmark, tb@ferroperm.net)

As new applications of medical ultrasound continue to emerge and the development of electronics continues, there is an increased
interest in specialised piezoelectric ceramics with optimised properties. With the present level of knowledge about piezoceramics it is
possible to design materials combining selected characteristics - although of course the laws of physics prevent changing certain prop-
erties independently. The main parameters in the design process are composition modification and controlled porosity. One of the new
types of materials developed is especially intended for high-intensity focused ultrasound (HIFU) applications, where the ability to con-
tinuously generate high acoustic power should be combined with specifications for electrical impedance matching. Since the first re-
quirement calls for very low dielectric and mechanical losses (hard doping), whereas for typical applications the second one calls for a
high permittivity (soft material), a new combination was needed. The new PZT-based materials Ferroperm Pz52 and Pz54 fulfil these
requirements and are already being extensively used for HIFU applications. Another example of new materials is the commercial family
of porous PZT. The introduction of porosity affects all properties, and by optimising composition and porosity level it is possible to
design materials that can replace lead metaniobate-based ceramics for a number of applications.

8:20

5aBBa2. Dual-mode ultrasound array (DMUA) systems for noninvasive surgery. John Ballard (University of Minnesota, 200
Union St SE, Rm 4-174 EECS Bldg, Minneapolis, MN 55455, USA, ball250@umn.edu), Yayun Wan (University of Minnesota, 200
Union St SE, Rm 4-174 EECS Bldg, Minneapolis, MN 55455, USA, wanx0028@umn.edu), Emad S. Ebbini (University of Minne-
sota, 200 Union St SE, Rm 4-174 EECS Bldg, Minneapolis, MN 55455, USA, emad@umn.edu)

Advances in microelectronics and piezocomposite transducer technology have made it possible to design, fabricate, and test thera-
peutic arrays with imaging capabilities suitable for image-guided noninvasive surgery. Prototype DMUASs have been recently tested and
were shown to be capable of generating therapeutic HIFU beams suitable for tissue ablation while intermittently imaging the target
volume before, during, and after lesion formation. An additional advantage of imaging with DMUAEs is the potential for identifying
critical regions in the treatment field for targeting or avoidance by the HIFU beam. We have developed an image-based refocusing
algorithm that allows for maximizing the power deposition at the location of HIFU focus while minimizing the power deposition at
critical targets to be avoided. Grayscale images obtained using the DMUA are used to define the coordinate of the target and the grid
points in the treatment region. A major application of this capability is the targeting of liver tumors by large-aperture arrays in the
presence of the rib cage. In this paper, we present experimental validation of this algorithm in vitro. Quantitative analysis of the im-
provements in the quality of the HIFU beam at the target will be presented and discussed.

8:40

5aBBa3. High power sources for ultrasound thermal therapy and shock wave lithotripsy. Neil Owen (INSERM, U556, 151
Cours Albert Thomas, 69003 Lyon, France, Neil.Owen@lyon.inserm.fr), Dominique Cathignol (INSERM, U556, 151 Cours Albert
Thomas, 69003 Lyon, France, cathignol@lyon.inserm.fr), David Melodelima (INSERM, U556, 151 Cours Albert Thomas, 69003
Lyon, France, melodelima@lyon.inserm.fr), Alain Birer (INSERM, U556, 151 Cours Albert Thomas, 69003 Lyon, France, birer@lyon
.inserm.fr), Jean Yves Chapelon (INSERM, U556, 151 Cours Albert Thomas, 69003 Lyon, France, chapelon@lyon.inserm.fr), Cyril
Lafon (INSERM, U556, 151 Cours Albert Thomas, 69003 Lyon, France, lafon@Iyon.inserm.fr)

We present a summary of Inserm’s experience with high power sources, which are necessary for ultrasound thermal therapy and
lithotripsy. Moreover, generating high intensity pseudo-continuous waveforms or high pressure pulses imposes different constraints on
the transducer materials, specifically heat and mechanical stress. For thermal therapy, miniature piezoceramic transducers were used for
interstitial, intratumoral, and endoluminal applicators. These probes operated at surface intensities up to 50 w/ecm? and generated el-
ementary lesions in vivo within tens of seconds. Piezocomposite transducers were developed for large-aperture, highly-focused beams
used in extracorporeal or intraoperative treatments. Focal intensities were 1000 w/em? or higher and up to 256 elements were utilized.
Miniaturized piezocomposite transducers are currently being developed for dual-mode imaging and therapy. For lithotripsy, piezoelec-
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tric shock wave generators were developed as alternatives to electrohydraulic or electromagnetic generators. Using piezocomposite
materials and a novel prestraining method increased transducer surface pressure compared to a multielement piezoceramic design, and
therefore halved the aperture diameter. In in vitro tests, plaster kidney stone models were comminuted with ~200 shock waves, a
number comparable to values published for electrohydraulic generators, the current “gold” standard. This work contributes to the ad-
vancement of transducer performance in therapeutic ultrasound. [Supported by Inserm Post-doctoral Fellowship.]

9:00

5aBBa4. An eight-element annular array for image-guided high intensity focused ultrasound therapy. Peter Kaczkowski
(Center for Industrial and Medical Ultrasound, Applied Physics Lab., University of Washington, 1013 NE 40th St., Seattle, WA 98105,
USA, peter@apl.washington.edu), Bryan Cunitz (Center for Industrial and Medical Ultrasound, Applied Physics Lab., University of
Washington, 1013 NE 40th St., Seattle, WA 98105, USA, bwc@apl.washington.edu), George Keilman (Sonic Concepts, 11807 North
Creek Parkway South - Suite 111, Bothell, WA 98011, USA, gkeilman@sonicconcepts.com)

The investigation of high intensity focused ultrasound (HIFU) as a tool for noninvasive thermally ablative therapy has required
deeper understanding of the relative roles of nonlinear mechanisms involved in heat deposition. Attempts at quantifying the dose re-
sponse to particular exposure conditions in vitro are complicated by the interplay of several mechanisms. These include microbubble
cavitation, nonlinear acoustic propagation and attenuation, dependence of tissue parameters on temperature and temperature history, and
formation and evolution of vapor bubbles due to boiling. One immediately evident consequence of such effects is distortion of coagu-
lative lesion shape and size, colloquially evolving from “cigars” to “tadpoles”. Developing a quantitative understanding of the relative
roles of relevant nonlinear mechanisms is not straightforward, yet is desirable for design of algorithms for therapy planning and real
time monitoring using ultrasound. A historical perspective of research toward this end will be presented along with a recommendation
for suitable terminology for the various physical acoustic regimes encountered in HIFU therapy. [Work supported by Army MRMC,
NIH DK43881, NSBRI SMS00402, and RFBR.]

9:20

5aBBa5. Transducers for reduced aberration in HIFU by nonlinear harmonic focusing. Gregory Clement (Harvard Medical
School, Focused Ultrasound Lab - BWH Radiology, 221 Longwood Ave RM 521, Boston, MA 02115, USA,
gclement@hms.harvard.edu), Jason White (Harvard Medical School, Focused Ultrasound Lab - BWH Radiology, 221 Longwood Ave
RM 521, Boston, MA 02115, USA, white@bwh.harvard.edu)

We have been investigating a low-frequency transducer design that promotes the divergence of the low frequency beam while pro-
moting the focusing of nonlinear-induced higher harmonic frequencies. In this manner, a low frequency - and thus less absorbed and less
distorted - beam is passed through the near field, peaking before the buildup of higher-frequency components. The high frequency
components are then focused by means of the wavefront design. Using this approach, we expect reduced distortion of the ultrasound
focus, while allowing a beam that uses mechanical or thermal effects for ablation, as opposed to cavitation. In our preliminary study we
have been working to establish feasibility of the approach. Two source transducers (0.272 MHz and 0.272 MHz) with identical geom-
etries were used to propagate through ex vivo human skull, representing strong nearfield aberration. Transmitted fields were scanned
after transsskull propagation with a pvdf needle hydrophone. Reconstructions were performed at the fundamental frequencies for both
scans, and for the 0.272 MHz transducer, an additional reconstruction was performed at its second harmonic (by design 0.544 MHz).
The harmonic signal was observed to be significantly less distorted than the same frequency directly propagated from the transducer. A
numeric study for optimizing the method will also be presented.

9:40-11:00 Posters
Lecture sessions will recess for presentation of poster papers on various topics in acoustics. See poster sessions for topics and abstracts.

Contributed Papers

11:00 array. The PVDF array allows to detect the small optoacoustic pressure tran-
5aBBa6. Combined two frequency array for optoacoustics and sients resulting of laser irradiation of small biological structures. Its acoustic
acoustics. Kirsten Maass (Fraunhofer IBMT, Ensheimerstrasse 48, 66386 impedance of approximately 4-4,5 MRayl allows to use it in a double func-
Sankt Ingbert, Germany, kirsten.maass@ibmt.fhg.de), Christian tion as optoacoustic receiving array and matching layer for the PZT array.
Degel (Fraunhofer IBMT, Ensheimer Strasse 48, 66386 Sankt Ingbert, Ger- The combined array is driven by a custom made multichannel read-out sys-
many, christian.degel@ibmt.fraunhofer.de), Marc Fournelle (Fraunhofer ~ tem supporting sampling frequencies of 80 MHz and combined imaging
IBMT, Ensheimer Strasse 48, 66386 Sankt Ingbert, Germany, with b-mode and optoacoustics. This combined probe integrates the benefits
marc.fournelle@ibmt.fhg.de), Heinrich Fonfara (Fraunhofer IBMT, Enshe- of a high resolution PZT array and gives access to the specificity of optoa-
imerstrasse 48, 66386 Sankt Ingbert, Germany, heinrich.fonfara@ibmt coustic signal generation.

.fhg.de), Robert M. Lemor (Fraunhofer IBMT, Ensheimer Strasse 48,

66386 Sankt Ingbert, Germany, robert.lemor@ibmt.fhg.de)
11:20

A combined transducer for optoacoustics and b-mode ultrasound has to 5aBBa7. Dual-frequency driving transducer for ultrasonic echography.
be built according to the specific requirements of both modalities. In order to Iwaki Akiyama (Shonan Institute of Technology, 1-1-25 Tsujido-
combine the two tasks in one transducer, we have designed a probe consist- nishikaigan, 251-8511 Fujisawa, Japan, akiyama@iwaki.org), Natsuki
ing of a PZT array and a PVDF array in a sandwich assembly. The 20 MHz Yoshizumi (Shonan Institute of Technology, 1-1-25 Tsujido-nishikaigan,
PZT array is a linear array with 128 elements bearing a 150 um pitch. It 251-8511 Fujisawa, Japan, yoshizumi@pari.go.jp), Shigemi Saito (Tokai
operates as a high resolution transmit and receive array for the visualization University, 3-20-1 Orito, Shimizu-ku, 424-8610 Shizuoka, Japan,

of geometrical structures in biological tissue. A thin piezoelectric polymer
film (PVDF) that is structured as receiving array is superposed to the PZT
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ssaito@scc.u-tokai.ac.jp), Daisuke Koyama (Tokyo Institute of Technol-
ogy, 4259 Nagatsuda, 226-8503 Yokohama, Japan, dkoyama@sonic
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.pi.titech.ac.j),Kentarou Nakamura(Tokyo Institute of Technology, 4259 Na-
gatsuda, 226-8503 Yokohama, Japan, knakamur@sonic.pi.titech.ac.jp)

We propose a novel ultrasonic imaging technique by transmitting ultra-
sonic pulse of dual-frequency and receiving multifrequency echoes from the
biological tissues. When the ultrasonic pulse of two frequencies is transmit-
ted from a transducer, the secondary waves are generated during the nonlin-
ear propagation through the biological media. A choice of f, and 4f, as the
dual-frequency results in the generation of 2f;, 3f,, and 5f;, components as
the secondary waves. Multifrequency echoes are capable of improving the
image quality by reducing the speckle noise. We have developed the follow-
ing annular type transducer. The PZT disk of 7 mm in diameter is coaxially
arranged in the PZT ring of 9 mm in inner diameter and 17 mm in outer
diameter. The ring and circular transducers transmit the pulses of 2 and 8
MHz, respectively. It was confirmed that this transducer formed the ultra-
sonic beams of 4, 6, and 10 MHz as well as the beams of 2 and 8 MHz in
degassed water. Then the experiments of imaging the agar-gel phantom and
pork meat were carried out by mechanical scanning. As a result, we also
confirmed the improvement of image quality by reducing the speckle noise.

11:40

5aBBa8. Progress towards transducers and arrays for real-time high
frequency biomedical ultrasound imaging. Sandy Cochran (Institute for
Medical Science and Technology, University of Dundee, Wilson House, 1
Wurzburg Loan, DD2 1FD Dundee, UK, s.cochran@dundee.ac.uk), Jeff
Bamber (Institute of Cancer Research, 15 Cotswold Road, Belmont, Sutton,
SM2 5NG Surrey, UK, jeff.bamber@icr.ac.uk), Anne L.
Bernassau (Institute for Medical Science and Technology, University of
Dundee, Wilson House, 1 Wurzburg Loan, DD2 1FD Dundee, UK,
a.l.bernassau@dundee.ac.uk), Nigel Bush (Piezo Composite Transducers
Ltd, Aberdeen Science Park, Balgownie Drive, Bridge of Don, AB22 8GU
Aberdeen, UK, nigel.bush@icr.ac.uk), Tim W. Button (Functional Materi-
als Group, IRC in Materials Processing, The University of Birmingham,
Edgbaston, B15 2TT Birmingham, UK, t.w.button@bham.ac.uk), Christine
E. Demore (Institute for Medical Science and Technology, University of
Dundee, Wilson House, 1 Wurzburg Loan, DD2 1FD Dundee, UK,
c.demore@dundee.ac.uk), Luis Garcia-Gancedo (Tritech International Ltd,
Peregrine Road, Westhill Business Park, Westhill, AB32 6LJ Aberdeen, UK,
|.garciagancedo@bham.ac.uk), David Hutson (Institute for Medical Sci-
ence and Technology, University of Dundee, Wilson House, 1 Wurzburg
Loan, DD2 1FD Dundee, UK, d.hutson@dundee.ac.uk), Duncan P.
Maclennan (University of Strathclyde, DTC in Medical Devices, Bioengi-
neering Department, Wolfson Building, 106 Rottenrow, G4 ONW Glasgow,
UK, duncan.p.maclennan@strath.ac.uk), Paul M. Maher (Tritech Interna-
tional Ltd, Peregrine Road, Westhill Business Park, Westhill, AB32 6LJ Ab-
erdeen, UK, paulmichaelmaher@hotmail.com), Carl Meggs (Tritech Inter-
national Ltd, Peregrine Road, Westhill Business Park, Westhill, AB32 6LJ
Aberdeen, UK, c.meggs@bham.ac.uk), Rhiannon A. Webster (Tritech In-
ternational Ltd, Peregrine Road, Westhill Business Park, Westhill, AB32 6LJ
Aberdeen, UK, raw160@bham.ac.uk)

As research into transducers and arrays for real-time high frequency bio-
medical ultrasound imaging continues, it is becoming increasingly clear that
major applications exist for systems with significantly higher spatial reso-
lution than those already available for human clinical imaging. A key area of
research remains the design and fabrication of the transducer or array. It is
now accepted that piezocomposite is the material of choice and composite
design and conventional dice-and-fill fabrication techniques have been op-
timised to allow 40 MHz operation, corresponding to wavelengths around
40 um. This expands the range of applications of piezocomposites but is still
limited in terms of resolution of fine structures, for example at cellular level
and to explore harmonic imaging. In this paper, we report continuing
progress in work on new design techniques and fabrication processes with
the potential for fabricating arrays that operate up to 100 MHz. The net-
shape micromoulding fabrication technique for the ceramic within our com-
posites is outlined, new single element transducer designs and array fabri-
cation based on advanced surface finishing and photolithographic processes
are described, and results are presented illustrating key performance data
such as the point spread function, insertion loss and imaging of post mortem
human tissue.
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12:00

5aBBa9. Micromachined linear array with 100 MHz center frequency.
Eike C. Weiss (Fraunhofer IBMT, Ensheimer Strasse 48, 66386 Sankt Ing-
bert, Germany, eike.weiss@ibmt.fraunhofer.de), Anette Jakob (Fraunhofer
IBMT, Ensheimerstrasse 48, 66386 Sankt Ingbert, Germany, anette.jakob
@ibmt.fraunhofer.de), Steffen H. Trethar (Fraunhofer IBMT, Ensheimer-
strasse 48, 66386 Sankt Ingbert, Germany, steffen.tretbar@ibmt.fraunhofer
.de), Werner Haberer (Fraunhofer IBMT, Ensheimerstrasse 48, 66386
Sankt Ingbert, Germany, werner.haberer@ibmt.fraunhofer.de), Thorsten
Knoll (Fraunhofer IBMT, Ensheimerstrasse 48, 66386 Sankt Ingbert, Ger-
many, thorsten.knoll@ibmt.fraunhofer.de), Frank Bauerfeld (Fraunhofer
IBMT, Ensheimerstrasse 48, 66386 Sankt Ingbert, Germany, frank.bauerfeld
@ibmt.fraunhofer.de), Joerg Herrmann (Fraunhofer IBMT, Ensheimer-
strasse 48, 66386 Sankt Ingbert, Germany, joerg.herrmann@ibmt.fraunhofer
.de), Robert M. Lemor (Fraunhofer IBMT, Ensheimer Strasse 48, 66386
Sankt Ingbert, Germany, robert.lemor@ibmt.fhg.de)

High-frequency ultrasound systems based on single element transducers
in the frequency range of 50-120 MHz and mechanical scanning of the
transducer. Linear arrays with electrical scanning can be used to increase the
speed of scanning and reduce the size of the transducers. We present a linear
array combined with multiplexer and single channel electronics. Working at
100 MHz, lateral resolution better than 100 um is possible with an aperture
of 1 mm? The 100 MHz array is based on silicon micro machining with a
ZnO membrane as active material. The most important steps are the depo-
sition of a 26 um-thick ZnO thin film by magnetron sputtering and the an-
isotropic etching of the backside of the silicon wafer to fabricate the ZnO
membrane. The individual elements of the transducer are defined by pattern-
ing a gold electrode with the desired array structure via photolithography
and subsequently wet etching. Results from 32 element arrays with an 8 el-
ement 500 by 500 um aperture agree well with numerical simulations and
the shifting of the aperture works as well. Due to the cost-effectiveness of
the process, a large number of applications have come now into reach for
high-frequency ultrasound imaging.

12:20

5aBBal0. Lead magnesium niobate-lead titanate single crystal thick
films on silicon substrate for high-frequency micromachined ultrasonic
transducers. Jue Peng (Department of Applied Physics and Materials Re-
search Centre, The Hong Kong Polytechnic University, Hunghom, Kowloon
Hong Kong, China, aperica@inet.polyu.edu.hk), Chen Chao (Department
of Applied Physics and Materials Research Centre, The Hong Kong Poly-
technic University, Hunghom, Kowloon Hong Kong, China, rikeynes@inet
.polyu.edu.hk), Jiyan Dai (Department of Applied Physics and Materials
Research Centre, The Hong Kong Polytechnic University, Hunghom,
Kowloon Hong Kong, China, apdaijy@inet.polyu.edu.hk), Helen L. W.
Chan (Department of Applied Physics and Materials Research Centre, The
Hong Kong Polytechnic University, Hunghom, Kowloon Hong Kong,
China, apahlcha@inet.polyu.edu.hk), Haosu Luo (The Shanghai Institute
of Ceramics, Chinese Academy of Sciences, 201800 Shanghai, China, hsluo
@mail.sic.ac.cn)

Some new clinical applications requiring ultrasonic frequencies higher
than 30 MHz are emerging, such as ophthalmological and dermatological
imaging and intravascular imaging with probes mounted on catheter tips.
High frequency ultrasonic transducer (HFUT) has thus been a growing re-
search area in recent years. Most of the HFUTSs reported are using piezo-
electric PZT ceramic thin plates, ZnO films or PVDF films as the transducer
materials. The PMN-PT ((1-x)Pb(Mg, 5Nb,,5)O, ,PbTiO,) single crystal, al-
though possessing the highest piezoelectric coefficients, has seldom been
used for this purpose because it is difficult to lap down the brittle single
crystals to thin plates and handle them in conventional way of transducer
fabrication. In this work, a novel high-frequency ultrasonic transducer struc-
ture is realized by using PMN-PT-on-silicon technology and silicon
micromachining. A hybrid processing method involving wafer bonding, me-
chanical lapping and wet chemical thinning is successfully developed.
PMN-PT thick films with thickness ranging from several to tens of microns
have been demonstrated and they have properties comparable to those of
PMN-PT bulk samples. A prototype high frequency ultrasonic transducer is
being fabricated and characterized. Acknowledgement Financial support
from the Innovation and Technology Fund (K-ZP21) is acknowledged.
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5aBBbl. Microelastic imaging of mineralized tissues - Principles and applications in musculoskeletal research. Kay Raum
(Martin Luther University of Halle-Wittenberg, Dept. of Orthopedics, Q-BAM Group, Magdeburger Str. 22, 06097 Halle, Germany,

kay.raum@medizin.uni-halle.de)

High frequency ultrasound has become one of the most powerful tools for microelastic characterization of hard biological materials.
A major advantage is the possibility to map not only the microstructure, but also the heterogeneous anisotropic elasticity of mineralized
tissues. Quantitative concepts for deriving anisotropic elastic parameters with frequencies from 50 MHz to the GHz range will be
presented. Due to the scalability ultrasound can be applied for large animal studies, e.g., to predict the mechanical stability in sheep
tibiae after callus distraction, as well as for small animal models, e.g., to study the effects of genetic differences in inbred strain mice.
Moreover, SAM data are suitable for numerical deformation or sound propagation analyses on “real- life” models. Such models are
crucial for the development and validation of new non-invasive diagnostic tools dedicated to the prediction of an individual fracture
risk. For example, it has been shown that the velocity of the first arriving signal - measured with the axial transmission technique at the
radius - can be predicted by a nonlinear combination of fracture determining parameters, i.e., porosity, cortical thickness and tissue
elasticity, assessed by 50-MHz SAM. These findings may lead to the establishment of pathology specific treatment and regeneration

monitoring strategies.

Contributed Papers

8:40

5aBBb2. Assessment of cortical bone density and anisotropy in human
femur using ultrasound and x-ray. Dorian Cretin (Furuno Electric Co.,
Ltd, 9-52 Ashihara-cho, 662-8580 Nishinomiya, Japan,
dorian.cretin@furuno.co.jp), Ryouichi Suetoshi (Furuno Electric Co., Ltd,
9-52 Ashihara-cho, 662-8580 Nishinomiya, Japan,
ryohichi.suetoshi@furuno.co.jp), Atsushi Uodome (Furuno Electric Co.,
Ltd, 9-52 Ashihara-cho, 662-8580 Nishinomiya, Japan,
atsushi.uodome@furuno.co.jp), Shinji Ogawa (Furuno Electric Co., Ltd,
9-52 Ashihara-cho, 662-8580 Nishinomiya, Japan,
shinji.ogawa@furuno.co.jp), Sakaya Miyabe (Graduate School of Engi-
neering, Osaka Univ., Division of Materials and Manufacturing Science, 2-1
Yamadaoka, Suita, 565-0871 Osaka, Japan,
miyabe@mat.eng.osaka-u.ac.jp), Takayoshi Nakano (Graduate School of
Engineering, Osaka Univ., Division of Materials and Manufacturing Sci-
ence, 2-1 Yamadaoka, Suita, 565-0871 Osaka, Japan, nakano@mat.eng
.0saka-u.ac.jp)

The purpose of this research is to investigate the contribution of the in-
trinsic properties of human bone to the ultrasound velocities in the axial,
radial, and tangential directions. Samples of cortical bone were cut from 19
human medial femurs and polished to a rectangular parallelepiped shape.
The orientation of apatite crystallites was assessed by microbeam x-ray dif-
fraction, the density with a densitometer using the Archimedes’ principle.
Bone mineral density (BMD) was also measured with peripheral quantita-
tive computed tomography (pQCT) and dual-x-ray absorptiometry (DXA).
The speed of sound (SOS) for each three directions was measured with 3
MHz ultrasonic broadband transducers. Radial and tangential SOS demon-
strated a strong correlation with density (R=0.83,p<0.0001 and R=0
.85,p<<0.0001, respectively). In the axial direction, the correlation between
density and SOS was moderate (R=0.59). However, a significant correlation
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was found by using density and apatite orientation of c-axis in a multiple
regression analysis (R=0.85,p<<0.001). Axial SOS can be explained by con-
tributions of both density and crystal orientation.

9:00

5aBBb3. Experimental determination of Young modulus and Poisson
ratio in cortical bone tissue using high resolution scanning acoustic
microscopy and nanoindentation. Fabienne Rupin (Université Paris 6,
Laboratoire d’Imagerie Paramétrique, 15, rue de I’Ecole de Médecine,
75006  Paris, France, fabienne.rupin@Ilip.bhdc.jussieu.fr), Amena
Saied (Université Paris 6, Laboratoire d’Imagerie Paramétrique, 15, rue de
I’Ecole de Médecine, 75006 Paris, France, saied@lip.bhdc.jussieu.fr), Davy
Dalmas (CNRS/Saint-Gobain, SVI Saint-Gobain Recherche, 93303 Auber-
villiers  Cedex, France, Davy.Dalmas@saint-gobain.com), Francoise
Peyrin (Creatis, UMR CNRS 5515, INSERM U630, 69621 Villeurbanne
Cedex, France, peyrin@esrf.fr), Sylvain Haupert (Université Paris 6, Lab-
oratoire d’Imagerie Paramétrique, 15, rue de I’Ecole de Médecine, 75006
Paris, France, sylvain.haupert@lip.bhdc.jussieu.fr), Etienne
Barthel (CNRS/Saint-Gobain, SVI Saint-Gobain Recherche, 93303 Auber-
villiers Cedex, France, Etienne.Barthel@saint-gobain.com), Georges
Boivin (Unité INSERM U831, Faculté de Médecine R. Laennec, 69372
Lyon Cedex 08, France, Georges.boivin@sante.univ-lyonl.fr), Pascal
Laugier (Université Paris 6, Laboratoire d’Imagerie Paramétrique, 15, rue
de I’Ecole de Médecine, 75006 Paris, France, laugier@lip.bhdc.jussieu.fr)

Nanoindentation allows measurements of local mechanical properties of
bone tissue. Scanning acoustic microscopy (SAM) provides images related
to bone density and elasticity. In both techniques, the estimation of Young
modulus (E) relies on the accuracy of Poisson’s ratio value (o). In cortical
bone, o varies between 0.15 and 0.45 but, is classically set to 0.3, resulting
in an approximate value of E. This study describes a new method combining
SAM and nanoindentation techniques to locally evaluate o in human femo-
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ral cortex. A 200 MHz SAM-based acoustic impedance (8 um lateral
resolution) was combined with synchrotron microtomography (to provide
local bone mineral density) to map the distribution of near surface elastic
modulus. Whereas, nanoindentation modulus was calculated on several os-
seous regions. Assuming the equalization rule, the intersection of both
modulus curves versus o permits to accurately derive o. The method was
tested on aluminium, PMMA and polycarbonate samples of known ¢ and
provided experimental o values with a precision better than 3%. In bone, o
was 0.42+0.01 corresponding to E=20=+1 GPa. Our preliminary results in-
dicate that combination of high-resolution SAM and nanoindentation may
be relevant to accurately determine both Poisson ratio and Young modulus
of bone tissue.

9:20
5aBBb4. Vibration spectroscopy and guided wave propagation data as
indicators of structural and mechanical degradation of human bones.
Erick Ogam (Laboratoire de Mécanique et d’Acoustique CNRS UPR-7051,
31, Chemin Joseph Aiguier, 13402 Marseille Cedex 20, France,
ogam@Ima.cnrs-mrs.fr), Armand Wirgin (CNRS-Laboratoire de Méca-
nique et d’Acoustique, 31 Chemin Joseph Aiguier, 13402 Marseille, France,
wirgin@Ima.cnrs-mrs.fr), Zine Fellah (CNRS-Laboratoire de Mécanique et
d’Acoustique, 31 Chemin Joseph Aiguier, 13402 Marseille, France,
fellah@Ima.cnrs-mrs.fr), Catherine Masson (INRETS - Laboratoire de
Biomécanique Appliquée- UMRT 24, Faculté de Medecine, Bd. Pierre Dra-
mard, 13916 Marseille, France, catherine.masson@inrets.fr), Philippe
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Guillemain(Laboratoire de Mécanique et d’Acoustique CNRS UPR-7051,
31, Chemin Joseph Aiguier, 13402 Marseille Cedex 20, France,
guillemain@Ima.cnrs-mrs.fr), Frangois Gabrielli (INRETS - Laboratoire de
Biomécanique Appliquée- UMRT 24, Faculté de Medecine, Bd. Pierre Dra-
mard, 13916 Marseille, France, francois.gabrielli@inrets.fr), Jean-Philippe
Groby (DRE/L2S - UMR8506 CNRS/Supelec/Univ. Paris Sud 11, Dépar-
tement de Recherche en Electromagnétisme/Laboratoire des signaux et
systemes, 3 rue Joliot-Curie, 91192 Gif-sur-Yvette cedex, France,
groby@lIss.supelec.fr), Robert Gilbert (University of Delaware, Depart-
ment of Mathematics, 317 Ewing Hall, Newark, DE 19716, USA, gilbert
@math.udel.edu)

Vibration spectroscopy and guided wave modes analysis of long bones
are investigated as tools to assess bone quality or integrity. Two different
methods of vibroacoustic experiments are undertaken to determine the
health of dry human tibia bones. The first method involves vibratory modes
of the bone, excited and measured by piezoelectric transducers and sensors
respectively. The measured frequency response is validated using finite ele-
ment simulation (FES), also used in the inverse problem for retrieval of the
bone material properties. The principle of in-plane (IP) and out-of-plane
(OP) mode splitting to determine the degree of the damage, that we devel-
oped in an earlier study, is applied to classify the bones according to their
degree of damage. The second method involves the analysis of the guided
wave phase velocities recovered using the reassigned Gabor spectrogram
from signals measured along the diaphysis of the tibias. The frequency dif-
ference between the peaks of the split modes are then correlated to the phase
velocities of the retrieved Lamb modes.

P3-B, LEVEL 3, 9:40 TO 11:20 A.M.

Session 5aBBc

Biomedical Ultrasound/Bioresponse to Vibration and Engineering Acoustics: Transducers for Medical
Imaging and Therapy Il (Poster Session)

Jeffrey Ketterling, Cochair
Frederic L. Lizzi Center for Biomedical Engineering

Marc Lethiecq, Cochair
LUSSI

All posters will be on display from 9:40 a.m. to 11:20 a.m. To allow contributors an opportunity to see other posters, contributors of
odd-numbered papers will be at their posters from 9:40 a.m. to 10:30 a.m. and contributors of even-numbered papers will be at their

posters from 10:30 a.m. to 11:20 a.m.

Contributed Papers

5aBBcl. High performance ultrasound arrays assessment through in
vitro imaging performance. Mathieu Legros (Vermon SA, 180 rue
Général Renault, 37000 Tours, France, m.legros@vermon.com), Guillaume
Ferin (Vermon SA, 180 rue Général Renault, 37000 Tours, France,
g.ferin@vermon.com), Leong Ratsimandresy (Vermon SA, 180 rue
Général Renault, 37000 Tours, France, lratsi@vermon.com), Rémi
Dufait (Vermon SA, 180 rue Général Renault, 37000 Tours, France, r.duvait
@vermon.com)

Probes are well-known to be a capital element for ultrasound image
quality. During design, many parameters can be tuned on the acoustic stack
to optimise the electrical, electroacoustical and acoustical performance
measurements. But the effects on image quality of these performances are
not so well identified. To overcome such a limitation, we developed a quan-
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titative method for image quality assessment. A set of algorithms was de-
veloped to assess in vitro images. The goal of this investigation is to link the
electroacoustical, acoustical performances and transducer parameters to the
imaging performance. Ultrasound test objects were used to quantify the ul-
trasound images. The acquisition was carried out on a commercial scanner
and imaging parameters were set constant in order to benchmark the probes
in the same environment. From B-mode images, key parameters such as
axial and lateral resolutions, contrast, statistic or metric parameters, and sig-
nal to noise ratio are established. Data from transducers, exhibiting different
trade-offs on their performances (bandwidth, bandwidth shape, center fre-
quency, elementary directivity) were characterized. Using the algorithms de-
veloped, all identified image properties were analysed with regard to these
performances. The impact of each electroacoustical parameter on image
quality have been identified and discussed.
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5aBBc2. Modeling of different transducer configurations with combined
pseudospectral and finite-difference time-domain methods. Erwan
Filoux (LUSSI, 10 Bd Tonellé, 37032 Tours, France,
erwan.filoux@etu.univ-tours.fr), Franck Levassort (LUSSI, 10 Bd Tonellé,
37032 Tours, France, franck.levassort@univ-tours.fr), Samuel
Callé (LUSSI, 10 Bd Tonellé¢, 37032 Tours, France, calle_s@med
.univ-tours.fr), Marc Lethiecq (LUSSI, 10 Bd Tonellé, 37032 Tours,
France, lethiecq@univ-tours.fr)

The numerical simulation of acoustic waves propagating in inhomoge-
neous media is often achieved using pseudospectral (PS) algorithms, which
require few nodes per wavelength to converge, while complex piezoelectric
structures are simulated with finite-difference (FD) or finite-element (FE)
methods. A combination of the PS and FD algorithms, retaining their advan-
tages, is presented in order to simulate the behavior of various piezoelectric

FRIDAY MORNING, 4 JULY 2008

transducers used in ultrasonic imaging with one single model. The theory is
exposed and the algorithm is applied to simulate PZT resonators flooded
into water. Perfectly matched layers are developed to absorb the mechanical
waves at the borders of the computational domain, and space-shifted grids
are used to reduce Gibbs phenomenon. The electrical impedance and various
physical parameters (displacements, electric potentials) are calculated. Dif-
ferent high frequency transducer configurations have been modeled. In the
case of a simple two-dimensionnal plate, described in Cartesian coordinates,
the results are satisfactorily compared to those obtained with a commercial
FE software. Then, simulations of an axisymmetrical single-element trans-
ducer are favorably compared to FE simulations and experimental
measurements. The hybrid algorithm is also used to calculate the large ra-
diation pattern of an annular array with little time-processing, which illus-
trates the efficiency of the method.

P3-B, LEVEL 3, 9:40 TO 11:20 A.M.

Session 5aBBd

Biomedical Ultrasound/Bioresponse to Vibration: General Topics in Biomedical Ultrasound/Bioresponse to
Vibration | (Poster Session)

Michael Bailey, Cochair
Center for Industrial and Medical Ultrasound, Applied Physics Lab.

Oleg Sapozhnikov, Cochair
Center for Industrial and Medical Ultrasound, Applied Physics Lab.

All posters will be on display from 9:40 a.m. to 11:20 a.m. To allow contributors an opportunity to see other posters, contributors of
odd-numbered papers will be at their posters from 9:40 a.m. to 10:30 a.m. and contributors of even-numbered papers will be at their

posters from 10:30 a.m. to 11:20 a.m.

Contributed Papers

5aBBdl. 1 kHz sound stimulates nitric oxide and prostaglandin E2
production by rat mesenchymal stem cells. Dorothée Bossis (Université
Paris 6, Laboratoire d’Imagerie Paramétrique, 15, rue de I’Ecole de Méde-
cine, 75006 Paris, France, dorothee.bossis@lip.bhdc.jussieu.fr), Frederic
Padilla (Université Paris 6, Laboratoire d’Imagerie Paramétrique, 15, rue de
I’Ecole de  Meédecine, 75006 Paris, France, Frederic.Padilla
@lip.bhdc.jussieu.fr), Bertrand David (Faculté de Médecine Paris 7- Denis
Diderot, Laboratoire Biomécanique et Biomatériaux Ostéo-Articulaires -
B20A, 10 avenue de Verdun, 75010 Paris, France, bertrand.david
@paris7.jussieu.fr), Hervé Petite (Faculté de Médecine Paris 7- Denis Di-
derot, Laboratoire Biomécanique et Biomatériaux Ostéo-Articulaires -
B20OA, 10 avenue de Verdun, 75010 Paris, France, hpetite@infobiogen
fr), Pascal Laugier (Universit¢ Paris 6, Laboratoire d’Imagerie
Paramétrique, 15, rue de I’Ecole de Médecine, 75006 Paris, France, laugier
@lip.bhdc.jussieu.fr)

Pulsed ultrasound has become a common therapy for delayed unions and
non unions. Currently available clinical devices use modulated (1 kHz) 1.5
MHz ultrasound stimulation that produces a 1 kHz radiation force vibration.
It was hypothesized that this radiation force is responsible for the stimula-
tory effect on bone formation. Therefore, we have investigated the effect of
1 kHz stimulation in rat mesenchymal stem cells (MSCs) by measuring the
production of on nitric oxide (NO) and prostaglandin E2 (PGE2). Continu-
ous wave 1 kHz low power sound was applied to cultured rat MSCs for 20
min. NO concentration was determined by amperometry and PGE2 was as-
sayed by ELISA in the supernatant. The stimulation produced a significant
increase in both NO and PGE2 concentration compared to controls. We con-
clude that rat MSCs respond to the mechanical stress produced by 1 kHz
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continuous wave as evidenced by the increase in NO and PGE2 production.
This study provides evidence for the action of 1 kHz stimulation on bone
cells.

5aBBd2.  Accurate ultrasonic measurement of two-dimensional
displacement of heart wall motion for estimation of myocardial regional
strain rate. Yasunori Honjo (Department of Electronic Engineering,
Graduate School of Engineering, Tohoku University, 6-6-05 Aramaki-aza-
Aoba, Aoba-ku, 980-8579 Sendai, Japan, honjo@us.ecei.tohoku
.ac.jp), Hideyuki Hasegawa (Department of Electronic Engineering,
Graduate School of Engineering, Tohoku University, 6-6-05 Aramaki-aza-
Aoba, Aoba-ku, 980-8579 Sendai, Japan, hasegawa@us.ecei.tohoku
.ac.jp), Hiroshi Kanai (Department of Electronic Engineering, Graduate
School of Engineering, Tohoku University, 6-6-05 Aramaki-aza-Aoba,
Aoba-ku, 980-8579 Sendai, Japan, hasegawa@us.ecei.tohoku.ac.jp)

Methods for imaging of strain rate in the heart wall are useful for quan-
titative evaluation of regional heart function. We developed a method which
can accurately measure the heart wall motion along an ultrasonic beam
based on phase changes in rf echoes. However, there are some components
in the wall motion which are not along each ultrasonic beam. Therefore, the
measurement of motion in the direction perpendicular (lateral) to the beam
has been required in addition to that in the axial direction, but some un-
solved problems remain in estimation of lateral motion of the wall. In this
study, two-dimensional displacement was estimated by 2D cross-correlation
between rf echoes. Important parameters, the sizes of a region-of-interest
and search region, which determine tracking accuracy, were adaptively op-
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timized by referring to instantaneous wall velocities, in the respective car-
diac phases. The correlation coefficient between the lateral displacement es-
timated by the 2D tracking with optimized parameters in longitudinal-axis
view and axial displacement in apical view (corresponding to lateral dis-
placement in longitudinal-axis view) separately and accurately estimated by
the 1D phase-based method was 0.93. These results show possibility of this
method for accurate measurement of two-dimensional heart motion to assess
the regional myocardial strain rate.

5aBBd3. Flow-mediated change in viscoelasticity of radial arterial wall
measured by 22-MHz ultrasound. Kazuki Ikeshita (Department of Elec-
tronic Engineering, Graduate School of Engineering, Tohoku University,
6-6-05 Aramaki-aza-Aoba, Aoba-ku, 980-8579  Sendai, Japan,
ikeshita@us.ecei.tohoku.ac.jp), Hideyuki Hasegawa (Department of Elec-
tronic Engineering, Graduate School of Engineering, Tohoku University,
6-6-05 Aramaki-aza-Aoba, Aoba-ku, 980-8579  Sendai, Japan,
hasegawa@us.ecei.tohoku.ac.jp), Hiroshi Kanai (Department of Electronic
Engineering, Graduate School of Engineering, Tohoku University, 6-6-05
Aramaki-aza-Aoba, Aoba-ku, 980-8579 Sendai, Japan, hasegawa@us.ecei
.tohoku.ac.jp)

The endothelial dysfunction is considered to be an initial step of
atherosclerosis. Moreover, it was reported that the smooth muscle, which
constructs the media of the artery, changes its characteristics due to early-
stage atherosclerosis. Therefore, it is essential to develop a method for as-
sessing the regional endothelial function and mechanical property of the ar-
terial wall. There is an ultrasound-based conventional technique to measure
the change in inner diameter of the brachial artery caused by flow-mediated
dilation (FMD) after release of avascularization. In this study, the transient
change in the mechanical property of the arterial wall was further revealed
by measuring the stress-strain relationship during each heartbeat. For this
measurement, the minute change in thickness (strain) of the radial artery
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was measured using the ultrasonic phased tracking method, together with
the waveform of blood pressure (stress) which was continuously measured
at the radial artery. From in vivo experiments, it has been founded the slope
of the stress-strain hysteresis loop decreases due to FMD and the area in-
crease depends on the ratio of elastic modulus and loss modulus (depends on
viscosity). These results show a potential of the proposed method for thor-
ough analysis of the transient change in viscoelasticity due to FMD.

5aBBd4. Experimental investigation of the scattering of sound by solid
spheres in a liquid. Jason Bach (Georgia Tech Lorraine - G.W. Woodruff
School of ME, UMI Georgia Tech - CNRS 2958, 2 rue Marconi, 57070
Metz, France, jsbhach82@yahoo.com), Nico F. Declercq (Georgia Tech Lor-
raine - G.W. Woodruff School of ME, UMI Georgia Tech - CNRS 2958, 2
rue Marconi, 57070 Metz, France, nico.declercq@me.gatech.edu), David
Ku (Georgia Tech Lorraine - G.W. Woodruff School of ME, UMI Georgia
Tech - CNRS 2958, 2 rue Marconi, 57070 Metz, France, david.ku@me
.gatech.edu)

The framework of this investigation is the characterization of spheres in
a liquid by means of ultrasound. Experiments are performed to study the
effectiveness of the use of bounded ultrasonic pulses in single transmission
and in double through transmission to characterize size and shape of
spheres. Special attention is paid to the influence of the beam width and fre-
quency in comparison with the size of the sphere. The research is performed
by means of a new generation polar c-scan apparatus. In a first step the in-
teraction of sound with a single sphere is studied. In a second step two
spheres are studied where one sphere crosses the sound path through the
other sphere. Limitations for detection and characterization of spheres de-
pending on their relative position and on the characteristics of the applied
ultrasonic pulse are described in detail. The research is performed in the
framework of the use of ultrasound for biomedical applications.

P3-B, LEVEL, 9:40 TO 11:20 A.M.

Session 5aBBe

Biomedical Ultrasound/Bioresponse to Vibration: Biomedical Applications of Acoustic Radiation Force |
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Mostafa Fatemi, Cochair
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Mathias Fink, Cochair
Laboratoire Ondes et Acoustique

All posters will be on display from 9:40 a.m. to 11:20 a.m. To allow contributors an opportunity to see other posters, contributors of
odd-numbered papers will be at their posters from 9:40 a.m. to 10:30 a.m. and contributors of even-numbered papers will be at their
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Contributed Papers

5aBBel. Comparative study of vibro-acoustography and B-mode
ultrasound in prostate imaging. Azra Alizad (Dept. of Physiology and
Biomed. Eng., Mayo Clinic College of Medicine, 200 First Street SW,
Rochester, MN 55905, USA, aza@mayo.edu), Farid Mitri (Dept. of Physi-
ology and Biomed. Eng., Mayo Clinic College of Medicine, 200 First Street
SW, Rochester, MN 55905, USA, mitri.farid@mayo.edu), Brian
Davis (Dep. of Radiation Oncology, Mayo Clinic College of Medicine, 200
1st St. SW, Rochester, MN 55905, USA, davis.brian@mayo.edu), James
Greenleaf (Dept. of Physiology and Biomed. Eng., Mayo Clinic College of
Medicine, 200 First Street SW, Rochester, MN 55905, USA,
jfg@mayo.edu), Mostafa Fatemi (Dept. of Physiology and Biomed. Eng.,
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Mayo Clinic College of Medicine, 200 First Street SW, Rochester, MN
55905, USA, fatemi@mayo.edu)

Vibro-acoustography (VA) is an imaging modality that uses the radiation
force of ultrasound to vibrate tissue at a low frequency and records the re-
sulting acoustic field to produce an image that is represents object charac-
teristics at both ultrasound as well as low (audio) frequencies. Currently,
B-mode ultrasound is used for prostate imaging. This imaging method has
some limitations, including the speckle noise, which limit its ability in de-
tection of lesions and calcifications. The purpose of this study is to explore
the potentials of VA for prostate imaging. VA, B-mode ultrasound, and ra-
diography were performed on 12 excised human prostate samples and the
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resulting images were compared. VA system parameters were, center fre-
quency 3 MHz, Af=50 kHz, image area 5x5 cm, pixel size 0.2xX0.2 mm.
Images evaluated in terms of visibility of anatomical and pathological struc-
tures and contrast. Results showed that prostate anatomical structures, mass
lesions, and calcifications were visible in the VA images taken at different
depths, and VA image quality was superior to B-mode. VA images exhibited
significant contrast between the central and peripheral zones with enhanced
borders. It is concluded that, with further development, VA may become
suitable modality for in prostate imaging.

5aBBe2. Acoustic radiation forces in monitoring of milk composition.
Diana Priev (Hebrew University, HaGomeh 16/4, 98537 Maale Adumim,
Israel, diana.priev@mail.huji.ac.il), Victor Ponomarev (NDT Instruments
Ltd, HaGomeh 16/4, 98537 Maale Adumim, Israel, viktora
@aaanet.ru), Aba Priev (Hebrew University, Hadassah Medical School,
Ein Kerem, 91120 Jerusalem, Israel, abbap@ekmd.huji.ac.il)

High sensitivity of ultrasonic velocity and attenuation to composition
and state of milk and other liquid food products is now well established.
Unfortunately, existing devices include measurements of the acoustic prop-
erties of milk at different temperatures and therefore require waiting for
temperature equilibration of the milk when the sample is heated or cooled
and cannot be used for real-time monitoring. In this paper ultrasonic par-
ticles analyzer of NDT Instruments, AcoMilk-02, used for continuous moni-
toring of fat globules and somatic cells of raw milk in computerized milking
station of cowsheds has been described. This device is based on high inten-
sity standing wave for preliminary separation and concentration of the fat
globules and somatic cells by the acoustic radiation forces and low intensity
standing wave to measure their content. Testing of analyzer was carried out
on 5 cows during one-month period. It was found that milk production level,
stage of lactation, and outside temperature have significant influence on the
milk composition. Continuous monitoring of milk fat and somatic cells
count that typically have high day-to-day variation, provide a much-needed
tool for dairy management and for veterinary diagnostic purposes.

5aBBe3. Ultrasound-enhanced latex immunoassay of pathogens in
water. Danny Bavli (Hebrew University, Hadassah Medical School, Ein
Kerem, 91120 Jerusalem, Israel, danny.bavli@mail.huji.ac.il), Yechezkel
Barenholz (Hebrew University, Hadassah Medical School, Ein Kerem,
91120 Jerusalem, lIsrael, yb@cc.huji.ac.il), Noam Emanuel (Hebrew Uni-
versity, Hadassah Medical School, Ein Kerem, 91120 Jerusalem, lIsrael,
noam.emanuel@mail.huji.ac.il), Victor Ponomarev (NDT Instruments Ltd,
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HaGomeh 16/4, 98537 Maale Adumim, Israel, viktora@aaanet.ru),Aba
Priev (Hebrew University, Hadassah Medical School, Ein Kerem, 91120
Jerusalem, Israel, abbap@ekmd.huji.ac.il)

Real-time knowledge of contaminants in water is an essential component
of any potable water security system. Latex immunoassay is the basic tech-
nique in rapid identification of pathogens. We used acoustic radiation to ac-
celerate the latex immunoassay and to bring about separation between free
and bound antigen (rotavirus SA-11) in less than one minute. The ultrasonic
cylindrical standing-wave device of NDT Instruments, UltraAssay 101, cre-
ates areas of maximum and minimum potential energy (nodes). Acoustic ra-
diation forces acting on the pathogens drive them directly to the central
node. In this manner, antibody-antigen complexes accumulate in the nodes
in 40-60 sec. The nonbound antibodies are washed out of the separation area
by the buffer flow. The forces responsible for separation of particles in the
UltraAssay 101 depend on the frequency of the standing-wave resonator and
on the density, compressibility and size of the immune complexes. Addition-
ally, UltraAssay 101 is able to directly monitor water salinity, turbidity and
specific gravity.

5aBBe4. Wave propagation modes and arterial stiffness. Miguel
Bernal (Dept. of Physiology and Biomed. Eng., Mayo Clinic College of
Medicine, 200 First Street SW, Rochester, MN 55905, USA,
bernalrestrepo.miguel@mayo.edu), James Greenleaf (Dept. of Physiology
and Biomed. Eng., Mayo Clinic College of Medicine, 200 First Street SW,
Rochester, MN 55905, USA, jfg@mayo.edu)

Arterial elasticity is an independent predictor of cardiovascular disease
and mortality. Measurment of waves in thin shells can be used to estimate
the circumferential and the longitudinal elastic moduli. Latex tubes and ex-
cised pig arteries were used as isotropic and anisotropic models. Waves were
generated using focused ultrasound (1 ms, 3 MHz) in different locations of
the wall. The modes of propagation of the waves were detected with a laser
vibrometer or an ultrasound pulse echo tool while the excitation was moved
known distances. Bending waves were predominant when exciting in the
center of the wall, while a combination of torsion and bending waves re-
sulted from exciting off center. Wave speeds of 15 m/s and 5 m/s respec-
tively, were measured for the bending waves. Using the Moens-Korteweg
equation, values of 1.1 and 0.350 MPa were found for the longitudinal elas-
tic modulus in the tube and artery respectively. Generation of different
modes in the tubes and arteries is possible using focused ultrasound. Elastic
components of the tubes and vessels in the longitudinal and the circumfer-
ential direction can be estimated from the speed of propagation and the fre-
quency of the bending and the torsional waves.
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Mostafa Fatemi, Cochair
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Mathias Fink, Cochair
Laboratoire Ondes et Acoustique, ESPCI, Université Paris 7, CNRS, 10 rue Vauquelin, Paris, 75005, France

Invited Paper

11:00

5aBBfl. Biomedical applications of radiation force generated in standing ultrasonic waves. Lev Ostrovsky (Zel Technol./Univ.
of Colorado, 325 Broadway, R/PSD99, Boulder, CO 80305, USA, Lev.A.Ostrovsky@noaa.gov), Armen Sarvazyan (Artann Labora-
tories, 1753 Linvale-Harbourton, Lambertville, NJ 08350, USA, armen@artannlabs.com)

This talk presents an overview of physical basis for the action of acoustic radiation force on particles in standing waves in relation
to biomedical applications. The effect itself is known since the 19th century (Kundt, 1974) and its biomedical significance was dem-
onstrated in 1971 by Dyson et al. However, despite a long history, extensive studies of particle behavior in standing ultrasonic waves
have started only during the last decade due to numerous emerging biomedical applications. The range of currently explored applica-
tions is broad: targeted drug and gene delivery, increasing sensitivity of biosensors and immunochemical tests, manipulating cells in
suspensions, microstirring, and others. The presentation will focus on theoretical analysis and applications of radiation force acting on
particles and bubbles in the standing ultrasonic fields. Dynamics of particle motion induced by ultrasonic radiation force as a function
of frequency, intensity, and other variables will be considered. The principal difference in interaction of ultrasonic standing wave field
with solid particles and with bubbles due to resonant properties and high compressibility of the latter will be quantitatively analyzed.
Several specific biomedical applications of the analyzed phenomena will be discussed.

Contributed Papers

11:20
5aBBf2. Radiation force on spheres in acoustic beams and related
aspects of scattering. Philip L. Marston (Washington State University,
Physics and Astronomy Department, Pullman, WA 99164-2814, USA,
marston@wsu.edu), David B. Thiessen (Washington State University,
Physics and Astronomy Department, Pullman, WA 99164-2814, USA,
thiessen@wsu.edu)

The close connection between the acoustic radiation force on objects in
fluids and the angular distribution of the farfield scattering is especially use-
ful in cases where dissipative effects are weak in the surrounding fluid. This
connection also applies to objects illuminated by acoustic beams and has
been used to extend the analysis of scattering by spheres in Bessel beams [P.
L. Marston, J. Acoust. Soc. Am. 121, 753-757 (2007); 122, 247-252 (2007)]
to the evaluation of the radiation force on spheres [P. L. Marston, J. Acoust.
Soc. Am. 120, 3518-3524 (2006); 122, 3162-3165 (2007)]. The quantitative
predictions (which include situations of negative radiation force) have been
verified by nearfield analysis of the radiation force using the finite element
method. We have also examined the radiation force on a sphere for a special
case of co-propagating Bessel beams having unequal beam parameters. The
scattering of a higher order Bessel beam by a sphere placed on the axis has
also been analyzed. The backscattering in that case vanishes in agreement
with prior predictions [B. T. Hefner and P. L. Marston, J. Acoust. Soc. Am.
106, 3313-3316 (1999)] for a general class of helicoidal acoustic beams.
[Supported by NASA and ONR.]

11:40
5aBBf3. Modeling the modulated acoustic radiation force distribution
in a viscoelastic medium driven by a spherically focused ultrasound
transducer. Faik Can Meral (University of Illinois, 842 West Taylor St.
MC 251, Chicago, IL 60607, USA, fmeral2@uic.edu), Thomas J.
Royston (University of Illinois at Chicago, 842 W. Taylor St. ERF
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1072, Chicago, IL 60607, USA, troyston@uic.edu),Richard L.
Magin (University of Illinois, 842 West Taylor St. MC 251, Chicago, IL
60607, USA, rmagin@uic.edu)

Acoustic radiation force created by focused ultrasound transducers is
gaining great interest in medical diagnosis. This study aims to clarify the
acoustic power delivery by means of a modulated focused transducer and to
predict the performance of such systems. A spherical-cap shaped transducer,
made of piezoelectric material, is used to create ultrasonic waves at a focal
point. Different modulation methods, given in the literature and reviewed
here, are available for creating a concentrated alternating force due to the
acoustic radiation pressure. The relationship between the voltage input to the
piezoelectric transducer and its resulting mechanical deformation is exam-
ined using a finite element model (FEM) for high frequency harmonic ex-
citation (3 - 10 MHz). The oscillating surface of the transducer drives the
contacting media, which exerts an acoustic load on the transducer that is
also considered in the FE analysis. Also, the motion of resulting acoustic
waves in a lossy medium is studied for a more accurate estimation of the
induced force distribution and energy dissipation within the medium. Ulti-
mately, the intention of this work is to relate the electrical power input to the
transducer to the resulting dynamic force generated in the coupling medium.
[Research supported by NIH Grant # EB004885.]

12:00
5aBBf4. Biomedical applications of acoustic radiation force based on
somatosensory reception. Leonid R. Gavrilov (N.N. Andreyev Acoustics
Institute, 4, Shvernik Street, 117036 Moscow, Russian Federation,
gavrilov@akin.ru), Jeffrey W. Hand (Imperial College London, Hammer-
smith  Campus, Ducane Road, W12 ONN London, UK,

Acoustics’08 Paris S822



j.-hand@imperial.ac.uk),Efim M. Tsirulnikov(l.M. Sechenov Institute of
Evolutionary Physiology and Biochemistry, 44 Torez ave., 194223 St. Pe-
tersburg, Russian Federation, tsiruln@iephb.ru)

We have previously shown that short pulses of focused ultrasound may
be used to stimulate locally receptor neural structures and thereby induce
sensations that humans can perceive through the skin (for example tactile,
warmth and cold, tickling, pain, etc.). Furthermore, ultrasound modulated by
sound signals (tone, speech, music, etc.) can induce sound sensations corre-

sponding to the nature of the modulation in persons with normal hearing.
The mechanism underlying these effects that have been used in clinical di-
agnostic practice is related to the radiation force. We also showed recently
that the phenomenon of the radiation force could be used in perspective ro-
botic systems, sensors, and automated control systems, based on the use of
tactile sensations in the human-machine interface, as well as in devices that
may allow blind and visually impaired persons to perceive textual informa-
tion presented on a tactile display. The research was supported by INTAS
(05-1000008-7841) and RFBR (06-02-16079).

Invited Paper

12:20

5aBBf5. Ultrasound stimulated vibrometry for measuring tissue properties. James Greenleaf (Dept. of Physiology and Biomed.
Eng., Mayo Clinic College of Medicine, 200 First Street SW, Rochester, MN 55905, USA, jfg@mayo.edu), Shigao Chen (Dept. of
Physiology and Biomed. Eng., Mayo Clinic College of Medicine, 200 First Street SW, Rochester, MN 55905, USA,
chen.shigao@mayo.edu), Xiaoming Zhang (Dept. of Physiology and Biomed. Eng., Mayo Clinic College of Medicine, 200 First Street
SW, Rochester, MN 55905, USA, Zhang.xiaoming@mayo.edu)

Harmonic or pulsed radiation pressure and subsequent measurement of the tissue response can be used to accurately quantitatively
measure fundamental material properties of tissue. The measurement of shear wave dispersion can be used to estimate elastic shear
moduli of tissue using an appropriate model. Fundamental model free properties such as complex modulus can also be measured. Ul-
trasound radiation pressure is used to induce free propagating shear waves. The measurable properties of the shear waves such as speed
are sensitive to only the local material properties of the tissue under certain circumstances. A model relating the shear wave speed as a
function of frequency is related to the elastic and viscous moduli within small regions of tissue according to, for instance, the Voigt
model. Shear and elastic moduli in tissue are measured with high accuracy and precision given appropriate models of wave propagation
within the geometry of the tissue. Complex modulus in liver of live pig and other tissues have been made. Careful use of shear wave
propagation and subsequent measurements can provide fundamental quantitative measurements of tissue mechanical properties if mod-
els are accurate. An application of this method is the noninvasive measurement of liver stiffness as a surrogate for fibrosis.

12:40-2:00 Lunch Break

Invited Papers

2:00

5aBBf6. Supersonic shear imaging: a multiwave imaging example. Mathias Fink (Laboratoire Ondes et Acoustique, ESPCI,
Université Paris 7, CNRS, 10 rue Vauquelin, 75005 Paris, France, mathias.fink@espci.fr), Mickael Tanter (Laboratoire Ondes et
Acoustique, ESPCI, Université Paris 7, CNRS, 10 rue Vauquelin, 75005 Paris, France, michael.tanter@espci.fr), Jeremy Bercoff
(Supersonic Imagine, 13857 Aix en Provence, France, jeremy.bercoff@supersonicimagine.fr)

A new imaging method that relies on the simultaneous use of both a low frequency shear wave and a high frequency ultrasound is
described. The shear waves have typically centimetric wavelengths and they propagated at low velocity in tissues. They are progres-
sively distorted by the viscoelastic inhomogeneities of encountered tissues. When coupled to an ultrafast ultrasound scanner (5000
images per second), it allows for the follow up of the propagation of these waves with a millimetric resolution over a large zone of
interest. From the spatiotemporal evolution of the shear displacement fields, inversion algorithms are used to recover the shear modulus
and viscosity map with submillimetric resolution. These techniques are no more diffraction limited because, the near field of the tran-
sient waves is directly observed. In this multivave technique, the shear wave gives the contrast while the ultrasonic wave gives the
spatial resolution. Shear waves are generated leveraging the innovative use of the ultrasonic radiation force generated by an ultrasound
probe. A supersonic shear source is remotely created in tissues. Such a moving source creates two plane shear waves propagating in a
Mach cone. In vivo images obtained in breast, liver, muscles will be presented that show the great interest of this quantitative imaging
technique.

2:20

5aBBf7. Image quality assessment: Vibro-acoustography versus B-mode. Mostafa Fatemi (Dept. of Physiology and Biomed.
Eng., Mayo Clinic College of Medicine, 200 First Street SW, Rochester, MN 55905, USA, fatemi@mayo.edu)

Vibro-acoustography (VA) is based on conversion of ultrasound energy from high frequency to a low frequency. This conversion,
which results from the nonlinear nature of wave equation, gives VA some key advantages over linear ultrasound imaging such as
B-mode. Two key features of VA are analyzed: lack of speckle noise, and angle-independency, which is the ability of imaging specular
reflectors regardless of their orientation. Both the speckle noise and angle dependency are major artifacts in B-mode. Lack of speckle
noise results from the fact that VA images are constructed from the low frequency acoustic signal. Using an acoustical model, it is
shown that the random scatterers within soft tissue do not promote speckle noise in VA as they do in B-mode; thus VA generally
produces high contrast images. Angle-independency results from the broad beam pattern of the low-frequency acoustic field. A model
is constructed describing the amplitude of the acoustic signal versus object orientation angle. It is shown that the signal amplitude is
relatively insensitive to object orientation; thus VA may be suitable for imaging specular objects such as implants. It is concluded that
VA may be advantageous in applications where speckle noise and angle dependency are of concern.
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2:40

5aBBf8. In vivo feasibility of local harmonic motion imaging and its use for thermal surgery control. Kullervo Hynynen
(University of Toronto, Sunnybrook Health Sciences Centre, Suite S6 65b, 2075 Bayview Ave, Toronto, ON M4N 3M5, Canada,
khynynen@sri.utoronto.ca), Laura Curiel (University of Toronto, Sunnybrook Health Sciences Centre, Suite S6 65b, 2075 Bayview
Ave, Toronto, ON M4N 3M5, Canada, lcuriel@sri.utoronto.ca), Rajiv Chopra (University of Toronto, Sunnybrook Health Sciences
Centre, Suite S6 65b, 2075 Bayview Ave, Toronto, ON M4N 3MS5, Canada, chopra@sri.utoronto.ca)

A local harmonic motion can be generated within the tissues by the periodic induction of radiation force using a focused ultrasound
(FUS) transducer. Tissue motion can then be tracked by collecting rf signals during the excitation using a separate transducer. Finally,
displacement estimates can be obtained by cross-correlating the collected rf signals. The characteristics of the induced LHM depend on
the local elastic properties of the tissues making it an attractive tool for imaging and therapy control applications. LHM measurements
have been obtained in vivo on rabbit muscle and it was observed that the amplitude of the motion was significantly reduced after
coagulation. LHM was successfully used to spatially detect the presence of the coagulation lesions within the tissues as a drop in LHM
amplitude. 1t was also possible to detect the location of an implanted VX2 tumor when a spatial scan was performed as the LHM
amplitude was lower inside the tumor because of an increased stiffness. Measurements of LHM during tissue heating using FUS re-
flected the changes in stiffness and revealed the apparition of coagulation showing the potential of these measurements as an alternative
control for the FUS exposure. [Work supported by NIH Grant R33 CA102884 and the Canadian Research Chair Program.]

3:00

5aBBf9. Impulsive acoustic radiation force: imaging approaches and clinical applications. Kathryn Nightingale (Biomedical
Engineering, Duke Univ., 136 Hudson Hall, Durham, NC 27708, USA, kathy.nightingale@duke.edu), Mark Palmeri (Duke University,
P.O. Box 90281, Durham, NC 27708, USA, mlp6@duke.edu), Liang Zhai (Duke University, P.O. Box 90281, Durham, NC 27708,
USA, liang.zhai@duke.edu), Kristin Frinkley (Biomedical Engineering, Duke Univ., 136 Hudson Hall, Durham, NC 27708, USA,
kdf2@duke.edu), Michael Wang (Duke University, P.O. Box 90281, Durham, NC 27708, USA, michael.h.wang@duke.edu), Jeremy
Dahl (Duke University, P.O. Box 90281, Durham, NC 27708, USA, jjd@duke.edu), Brian Fahey (Duke University, P.O. Box 90281,
Durham, NC 27708, USA, bjf8@duke.edu), Stephen Hsu (Duke University, P.O. Box 90281, Durham, NC 27708, USA,
sjhé@duke.edu), David Bradway (Duke University, P.O. Box 90281, Durham, NC 27708, USA, david.bradway@duke.edu), Gregg
Trahey (Duke University, P.O. Box 90281, Durham, NC 27708, USA, gregg.trahey@duke.edu)

Focused acoustic radiation force can be used to locally mechanically excite tissue, and the tissue response can be monitored with
conventional ultrasonic displacement estimation methods. Many groups are currently exploring the potential for radiation force based
methods to derive information about tissue stiffness associated with different pathologies. These techniques can be implemented on a
modified diagnostic ultrasound scanner, using the same transducer for both generating the radiation force excitation and monitoring the
tissue response. Multiple locations within an imaging field of view can be interrogated sequentially, by electronically controlling the
push and track apertures and beam locations. A variety of data processing and imaging approaches are under investigation. Images are
generated of the tissue displacement magnitude within the region of excitation at a given time after radiation force application. These
images portray relative differences in tissue stiffness, and provide interesting structural information that is well correlated with, and
often exhibits improved contrast over, matched B-mode images. Methods for quantifying tissue stiffness through monitoring shear wave
propagation, as originally proposed by Sarvazyan, are also under investigation. Results from ongoing clinical studies using these meth-
ods in a variety of organs (e.g., liver, prostate, breast, and heart) will be presented.

3:20

5aBBf10. Experimental validation of the amplitude-modulated harmonic motion imaging for tissues stiffness estimation.
Caroline Maleke (Columbia University Dept. of Biomedical Engineering, 622 W 168th SSt, PH-7, Room 200 Center, New York, NY
10032, USA, cm2243@columbia.edu), Jianwen Luo (Columbia University Dept. of Biomedical Engineering, 622 W 168th St, PH-7,
Room 200 Center, New York, NY 10032, USA, jl2767@columbia.edu), Viktor Gamarnik (Columbia University Dept of Biomedical
Engineering, 622 W 168th st, PH-7, room 200 center, New York, NY 10032, USA, vg2125@columbia.edu), Elisa Konofagou (Dept.
of Biomedical Engineering, Columbia Univ., 351 Engineering Terrace MC 8904, 1210 Amsterdam Ave., New York, NY 10027, USA,
ek2191@columbia.edu)

It has been previously shown that amplitude-modulated harmonic motion imaging (AM-HMI) has the capability of induce and
image tissue displacement during the application of an oscillatory radiation force. Here, we aim at validating theoretical HMI findings
with experimental results on similar phantoms. A finite-element-method (FEM) was first used to model a dynamic response of phantoms
with inclusions at different stiffnesses and sizes. The FEM and experimental results were compared and used to describe the behavior
of the locally displaced tissue. The radiation force was generated by a 4.68 MHz FUS transducer modulated at 50 Hz with acoustic
pressure levels varied between 1.2 and 4 MPa. A 7.5 MHz pulse-echo transducer was placed through the center of the FUS transducer
and used to image the displaced tissue. A 1D-cross-correlation method on successive RF signals was used to estimate the axial-
displacement. The FEM and experimental results displayed good agreement in displacement patterns, i.e., the highest localized dis-
placement occurred at the focus and was symmetrically distributed. In addition, mechanical testing was performed to estimate the
phantom-gels moduli. A linear relationship between HMI displacements and tissue Young’s moduli was established within the range of
13-to-50kPa. Further studies will involve the implementation of 1D linear-array transducer for full-view imaging.
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Contributed Papers

3:40

5aBBf1l. An integrated system to deliver impulsive radiation force and
to image induced transient strain for monitoring focused ultrasound
surgery. Gearoid Berry (Institute of Cancer Research, 15 Cotswold Road,
Belmont, Sutton, SM2 5NG Surrey, UK, gearoid.berry@icr.ac.uk), Jeff
Bamber (Institute of Cancer Research, 15 Cotswold Road, Belmont, Sutton,
SM2 5NG Surrey, UK, jeff.bamber@icr.ac.uk), Yixin Ma (Institute of Can-
cer Research, 15 Cotswold Road, SM2 5NG Sutton, UK,
yixin.ma@icr.ac.uk), lan Rivens (Institute of Cancer Research, 15
Cotswold Road, SM2 5NG Sutton, UK, ian.rivens@icr.ac.uk), Gail Ter
Haar (Institute of Cancer Research, 15 Cotswold Road, Belmont, Sutton,
SM2 5NG Surrey, UK, gail.terhaar@icr.ac.uk)

Thermal coagulation of tissue causes an approximate three-fold increase
in stiffness, which can be easily detected by various elasticity imaging
methods. Advantages have been reported, for application to breast cancer
diagnosis, of an elasticity imaging method that applies a highly localised
transient stress deep within the tissue using a low frequency focused ultra-
sound radiation force impulse, and uses relatively high frequency echo im-
aging to measure the transient strain generated in the tissue placed between
the transducers. In this paper we describe a new system that implements this
concept using a focused ultrasound surgical transducer to apply the transient
(<10 ms) load, synchronized by a customised field programmable gate array
to a Zonare C5-2 probe to image the strain. Both transducers are on the same
side of the tissue and locked together for scanning to create transient strain
elastograms. Performance measurements, obtained using gelatine phantoms
and ex vivo thermally ablated liver tissue, indicate an elastogram spatial res-
olution of 2 mm, and acceptable contrast for detecting regions of thermally
coagulated tissue. An advantage of this configuration is that it may be easily
integrated into focused ultrasound therapy.

4:00-4:20 Break

4:20

5aBBf12. Ultrasonic imaging of displacements inside objects induced
by continuously applied fluctuating acoustic radiation forces. Hideyuki
Hasegawa (Department of Electronic Engineering, Graduate School of En-
gineering, Tohoku University, 6-6-05 Aramaki-aza-Aoba, Aoba-ku, 980-
8579 Sendai, Japan, hasegawa@us.ecei.tohoku.ac.jp), Yoshitaka
Odagiri (Department of Electronic Engineering, Graduate School of
Engineering, Tohoku University, 6-6-05 Aramaki-aza-Aoba, Aoba-ku, 980-
8579 Sendai, Japan, hasegawa@us.ecei.tohoku.ac.jp), Hiroshi
Kanai (Department of Electronic Engineering, Graduate School of Engi-
neering, Tohoku University, 6-6-05 Aramaki-aza-Aoba, Aoba-ku, 980-8579
Sendai, Japan, hasegawa@us.ecei.tohoku.ac.jp)

Recently, many studies are conducted to measure the response of soft
tissue to applied ultrasonic acoustic radiation force. However, the change in
position of a target is dominantly induced by a radiation force applied from

only one direction, particularly when the target is much harder than sur-
rounding medium. In this case, elasticity of the target cannot be evaluated
because the change in position does not relate to target’s elasticity. In this
study, 1-MHz continuous-wave ultrasound whose envelope fluctuated at 5
Hz was used to apply the radiation force fluctuating at 5 Hz. By applying
two radiation forces from two opposite horizontal directions, the object
would be effectively deformed (compressed) in the horizontal direction and
vertically expanded due to its incompressibility. Resultant vertical displace-
ments were measured by ultrasonic pulses at 22 MHz in center frequency
which can be easily separated from 1-MHz ultrasound by filtering. In in
vitro experiments using chicken muscle and porcine liver, displacements at
5 Hz were clearly imaged. Amplitudes of displacements in liver are similar
to those in muscle, whereas applied radiation force was one-fifth. Further-
more, shear wave propagating in liver was clearly visualized because liver
was much softer than muscle, i.e., the wavelength was much shorter.

4:40

5aBBf13. Viscoelastic properties of myocardium tissue with surface
and shear wave methods. Xiaoming Zhang (Dep. of Physiology and
Biomed. Eng., Mayo Clinic College of Medicine, 200 First Street SW,
Rochester, MN 55905, USA, Zhang.xiaoming@mayo.edu), Shigao
Chen (Dep. of Physiology and Biomed. Eng., Mayo Clinic College of
Medicine, 200 First Street SW, Rochester, MN 55905, USA,
chen.shigago@mayo.edu), Matthew Urban (Dep. of Physiology and
Biomed. Eng., Mayo Clinic College of Medicine, 200 First Street SW,
Rochester, MN 55905, USA, urban.matthew@mayo.edu), Randall
Kinnick (Dep. of Physiology and Biomed. Eng., Mayo Clinic College of
Medicine, 200 First Street SW, Rochester, MN 55905, USA,
kinnick.randall@mayo.edu), James Greenleaf (Dep. of Physiology and
Biomed. Eng., Mayo Clinic College of Medicine, 200 First Street SW,
Rochester, MN 55905, USA, jfg@mayo.edu)

Considerable interest in the elastic properties of soft tissue has increased
in medicine due to their clinical relevance for monitoring various diseases as
well as a biomarker for cancer. A recent emerging field is the use of acoustic
radiation force for imaging and estimating the elastic properties of tissue.
Newly developed imaging modalities include shear wave elasticity imaging,
supersonic shear wave imaging, acoustic radiation force impulse imaging,
and vibro-acoustography. In these new methods, the shear wave is used to
estimate the elasticity of tissue. We have developed a novel surface wave
method for noninvasively estimating the elasticity of tissue [X. Zhang et al.,
J. Acoust. Soc. Am., 122, 2522-2525 (2007)]. In this method, a localized
ultrasound radiation force is remotely and noninvasively applied inside the
tissue. The surface wave speed is used to estimate the elasticity of tissue.
This method has been further developed and applied to estimate the vis-
coelasticity of animal myocardium tissue. In this abstract, we report our re-
cent results of in vitro studies on animal myocardium tissue. Both the sur-
face wave and shear wave are measured and analyzed. Noninvasive
characterization of viscoelastic properties of myocardium tissue may be a
very important tool for assessing heart function.

Invited Papers

5aBBf14. Use of radiation force for enhancing efficacy of molecular targeted ultrasound contrast agents - in vitro and in vivo.
John A. Hossack (University of Virginia, Biomedical Engineering, MR5, 415 Lane Rd, Charlottesville, VA VA 22908-0759, USA,

jh7fj@virginia.edu)

Intravenously injected modified ultrasound microbubbles possessing molecule specific targeting ligands hold significant promise as
a method for “molecular imaging.” Unfortunately, although microbubbles can achieve specific adhesion in regions of vascular pathol-
ogy, the method breaks down in high blood flow regions where the bond formation process is more problematic. | present results
indicating that acoustic radiation does increase the specific targeted adhesion of microbubbles by pushing the bubbles towards the pe-
riphery of a vessel. During in vitro studies, radiation force enhanced microbubble adhesion up to 60-fold. Microbubble adhesion is
observed to increase approximately with the square of acoustic pressure between 25 and 122 kPa, but decreases at higher pressures as
the bubbles rupture. Our in vivo studies involved using intravital microscopy to assess the adherence of P-selectin targeted microbubbles
in the mouse cremaster microcirculation and femoral vessels. Acoustic radiation force enhanced microbubble retention four-fold in
cremaster venules and in the femoral vein. A 20-fold enhancement was observed in the femoral artery. | discuss the potential for de-
rivatives of the technique to provide molecular targeted therapeutic contribution.
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5:20

5aBBf15. Assessment of tissue viscoelasticity using acoustically interrogated laser-induced microbubble. Stanislav Y.
Emelianov  (Applied Research Laboratories, The University of Texas, P.O. Box 8029, Austin, TX 78713-8029, USA,
emelian@mail.utexas.edu), Salavat R. Aglyamov (Applied Research Laboratories, The University of Texas, P.O. Box 8029, Austin,
TX 78713-8029, USA, aglyamov@mail.utexas.edu), Andrei B. Karpiouk (Applied Research Laboratories, The University of Texas,
P.O. Box 8029, Austin, TX 78713-8029, USA, Andrei.Karpiouk@engr.utexas.edu), Yurii A. llinskii (Applied Research Laboratories,
The University of Texas, P.O. Box 8029, Austin, TX 78713-8029, USA, yura@arlut.utexas.edu), Evgenia A. Zabolostkaya (Applied
Research Laboratories, The University of Texas, P.O. Box 8029, Austin, TX 78713-8029, USA, zhenia@arlut.utexas.edu)

Lasers are used in many biomedical and clinical applications, ranging from diagnosis to therapy. In eye microsurgery, for example,
a pulsed laser beam produces a localized surgical effect through the formation of a cavitation microbubble as a result of tissue photo-
disruption occurring in the focal zone. However, to insure successful presurgical planning, surgical procedure, and postoperative stages
of pathology treatment, the mechanical properties of the tissue must be analyzed before selective laser intervention. Since microbubbles
are already produced during laser surgery, we have developed an integrated approach utilizing these laser-induced microbubbles as
reporters of tissue viscoelasticity. Specifically, we have derived a general model of gas bubble dynamics in viscoelastic media to de-
scribe both translation and oscillations of the microbubble exposed to the acoustic radiation force. Furthermore, an ultrasound method
based on temporal measurement of passive acoustic emission from cavity during laser-tissue interaction and simultaneous active pulse-
echo ultrasound probing of the cavitation bubble was developed to detect and characterize the laser-induced microbubbles. The results
of our theoretical, numerical, and experimental studies demonstrate that measurements of gas bubble behavior exposed to acoustic
radiation force can be used to assess the mechanical properties of the surrounding tissue.

Contributed Papers

5:40

5aBBf16. Acoustic radiation force manipulation of PC12 cells In vitro.
Robert Muratore (Frederic L. Lizzi Center for Biomedical Engineering,
Riverside Research Institute, 156 William St. FI 9, New York, NY 10038-
2609, USA, muratore@rrinyc.org), Erin Szulman (Frederic L. Lizzi Center
for Biomedical Engineering, Riverside Research Institute, 156 William St.
FI 9, New York, NY 10038-2609, USA, erin.szul@gmail.com), Nina
Xu (Dept. of Biomedical Engineering, Columbia Univ., 351 Engineering
Terrace MC 8904, 1210 Amsterdam Ave., New York, NY 10027, USA,
xu.nina@gmail.com), Melissa J. Simon (Dept. of Biomedical Engineering,
Columbia Univ., 351 Engineering Terrace MC 8904, 1210 Amsterdam Ave.,
New York, NY 10027, USA, mjs2150@columbia.edu), Barclay
Morrison (Dept. of Biomedical Engineering, Columbia Univ., 351 Engi-
neering Terrace MC 8904, 1210 Amsterdam Ave., New York, NY 10027,
USA, bm2119@columbia.edu)

To understand and prevent brain injuries from head trauma, researchers
study mechanically stressed neuronal tissue. To anticipate future application
of controllable ultrasonic in-vivo stress, we investigated the effects of acous-
tic radiation force on in-vitro PC12 cells. Undifferentiated PC12 cells were
serum-cultured in DMEM/F12 on poly-L-lysine-coated polystyrene. Some
cultures were DAPI stained. The culture plates were placed on an inverted
phase-contrast microscope. An f/1.1 ultrasound transducer with a water-
filled coupling cone was focused on the culture at a 45-degree angle-of-
incidence, and excited with 30-ms 4.7-MHz pulses. Acoustic power was 8
W, and peak pressure was estimated at 300 kPa. Digital images were re-
corded before, during, and after insonification. Incident-light and fluores-
cence images revealed three populations: cells that were stationary
(apparently outside the effective force field region), cells that elongated
about 2 pum under radiation force and returned to approximately their
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original shapes when the force was removed (apparently adhered to the
substrate), and cells that moved about 50 um with each pulse and did not
return (apparently free-floating). We conclude that cell morphology can be
influenced reversibly with acoustic radiation force. (Support was provided
by the Riverside Research Institute Fund for Biomedical Engineering Re-
search and the Gatsby Initiatives in Brain Circuitry.)

6:00
5aBBf17. Enhancement of bead-based immunoassays by the use of
acoustic radiation force. Martin Wiklund (Royal Institute of Technology,
Biomedical and X-Ray Physics, KTH - AlbaNova, Roslagstullsbacken 21,
SE-106 91 Stockholm, Sweden, martin@biox.kth.se)

Radiation forces generated by ultrasonic standing waves have long been
used for increasing the speed and sensitivity of bead-based immuno-
agglutination tests. More recently, detection methods based on confocal
laser-scanning fluorometry and single-step homogeneous bead-based immu-
noassays show promise for fast, easy and sensitive bioanalytics. If such
methods are combined with ultrasonic enhancement, very high sensitivity
can be obtained. Here, we analyze and compare the characteristics, perfor-
mance and limitations of ultrasonic enhancement used in agglutination-
based and fluorescence-based immunoassays. Both radiation force aspects,
as well as reaction Kinetics aspects, are discussed. Finally, we report on
novel results where ultrasonic enhancement is performed in microtiter
plates, using a fluorescence-based assay. Here, the ultrasound enriches the
sample a factor 10°-107, and a detection limit of 60 femtomolar is obtained
for a thyroid stimulating hormone (TSH) assay. Our results are compared
with the results from a high-performance commercial instrument (Luminex
XMAP technology).
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Contributed Papers

8:00
5aED1. Education for professional career in acoustics. Marion
Burgess (Acoustics and Vibration Unit, University of NSW @ Aust De-
fence Force Academy, 2600 Canberra, Australia, m.burgess@adfa
.edu.au), Matthew Stead (Bassett Acoustics, Level 6, 100 Pirie St, 5000
Adelaide, Australia, m.stead@bassett.com.au)

There is a demand around the world for staff for acoustical consulting
companies as evidenced by the “positions available” listings. Companies
would ideally like to hire staff with a good engineering, physics or building
background plus an understanding of acoustics. Programs of study at Uni-
versity may deal with the principles of acoustics and vibration but there is
usually a need for supplementary education and training for new staff in
practical applications of those principles. While larger companies may pro-
vide this “in house” smaller companies do not have such resources and seek
to supplement the basic knowledge with short courses or other educational
opportunities. Most of these are available at specific times which may limit
their applicability. In this paper we will discuss an approach to address this
educational need with a fully flexible distance learning program. The pro-
gram is loosely based on the UK Institute of Acoustics Diploma program.
The modules comprising the program have been developed with the assis-
tance of the senior consultants and from the acoustic consulting industry
body. The early experiences with implementing the program will be
discussed.

8:20
5aED2. The need to integrate speech acoustics course work across the
speech-language pathology curriculum. Kathleen Siren (Loyola College
in Maryland, 4501 North Charles Street, Department of Speech-Language
Pathology/Audiology, Baltimore, MD 21210, USA, ksiren@Iloyola.edu)

The profession of speech-language pathology faces two critical
challenges: (1) the lack of sufficient evidence-based practice due to limited
clinical research in the field and (2) the dramatic decline in recent years in
the number of students pursuing PhDs. Although speech acoustics courses
are a part of most undergraduate programs in speech-language pathology,
these courses are often disassociated from students’ additional undergradu-
ate and graduate course work and clinical training. These isolated speech
science courses may inadequately prepare speech-language pathology stu-
dents for future research-based course work and clinical practice. This paper
reports results of a survey of 140 former undergraduate students who took a
speech acoustics course between 1994 and 2003. The survey asks students
about additional speech acoustics course work, related research experience,
and use of speech science information in clinical practice. The majority of
students surveyed report that speech acoustics information is largely isolated
in one undergraduate course. This paper concludes that programs must con-
sider better harmonizing speech science course work with other undergradu-
ate and graduate course work and clinical training to meet the current re-
search related challenges to the profession.

8:40
5aED3. Interdisciplinary teamwork, “Soundscaping”: A pedagogical
challenge. Jan Tro (Norwegian University of Science and Technology,

0.S. Bragstad plass 2B, NO-7491 Trondheim, Norway, tro@iet.ntnu.no)

For seven years the Norwegian University of Science and Technology,
NTNU, has offered the Master course Interdisciplinary Teamwork
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(“Eksperter i Team”, EiT). EiT is organized into “villages” (consisting of up
to thirty students). The Acoustics Group, NTNU, is in charge of a village
named “Soundscaping” mainly dealing with sound design in public areas.
The students in each village are divided into teams of five. The team mem-
bers may represent very different fields of study like history, philosophy, lit-
erature, religion, music, electronics, architecture, physics, medicine, chem-
istry, computer science and more. The paper will discuss aspects of
interdisciplinary teamwork training in acoustics and gives visual and sound
examples of very different and interesting results and sound products rang-
ing from pure sound art installations and interactive educational programs to
talking waste basket and new developed sound absorbers.

9:00

5aED4. Noise induced hearing loss amongst classical music students -
An audiometry study of students of the Royal Academy of Music.
Georgia Zepidou (London South Bank University, FESBE, Borough Road,
SE1 0AA London, UK, zepidoug@Isbu.ac.uk), Stephen Dance (London
South Bank University, FESBE, Borough Road, SE1 0AA London, UK,
dances@Isbu.ac.uk), Salvador Morant (London South Bank University,
FESBE, Borough Road, SE1 0AA London, UK, salpelmo@hotmail.com)

Under the new UK guidance for Control of Noise at Work, entertainment
noise now has to be considered for all employees. Health surveillance has
been undertaken as part of the induction for all 1st year students studying at
the Royal Academy of Music in London, as of September 2007. Seminars
were arranged and details of the audiometric tests given prior to the health
surveillance, so that only valid data was collected. A total of 350 students
were asked to fill out questionnaires on their particular habits. Analysis of
the audiograms showed double the incidence of health surveillance warning
levels of hearing loss amongst men compared to women, although both had
significantly better hearing than general population for their age. When early
signs of noise induced hearing loss were considered, a loss of more than 20
dB at any high frequency, was indicated for more than half of the brass
musicians.

9:20
5aED5. Problem based Masters Programme in Acoustics - ten years of
experience. Sofus Birkedal Nielsen (Aalborg University, Fredrik Bajers
Vej 7 B, 9220 Aalborg @, Denmark, sbn@es.aau.dk)

The Section of Acoustics at Aalborg University in Denmark has more
that ten years of experience in offering a masters programme in Acoustics.
The programme provides students with classical and modern aspects of
physical acoustics, psychoacoustics and electro acoustics. Also signal pro-
cessing which today is a major tool in understanding and utilizing of the
newest sound technology is a compulsory part of the study. The language is
English and the programme is open for all students with the appropriate
background. So far half of the students have been non-Danish citizens com-
ing from four continents. The pedagogical concept is problem based learn-
ing, with all students organized in groups of 4 - 6 students (having their own
group rooms). Each semester has its own theme with relevant courses and
suggested projects from the supervisors, industry or the students themselves.
The project work is a considerable part of the workload at a semester, one
could say that the courses give the theoretical background for the projects
which are “learning by doing” with access to the best facilities, rooms and
equipment.
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8:00

5aMUal. Indirect acquisition of flutist gestures: a case study of harmonic note fingerings. Vincent Verfaille (Centre for Inter-
disciplinary Research in Music Media & Technology (CIRMMT) - Schulich School of Music - McGill Univ., 555 Sherbrooke Street
West, Montreal, QC H3A1E3, Canada, vincent@music.mcgill.ca), Marcelo M. Wanderley (Centre for Interdisciplinary Research in
Music Media & Technology (CIRMMT) - Schulich School of Music - McGill Univ., 555 Sherbrooke Street West, Montreal, QC
H3A1E3, Canada, marcelo.wanderley@mcgill.ca), Philippe Depalle (Centre for Interdisciplinary Research in Music Media & Tech-
nology (CIRMMT) - Schulich School of Music - McGill Univ., 555 Sherbrooke Street West, Montreal, QC H3A1E3, Canada, depalle
@music.mcgill.ca)

The indirect acquisition of musicians’ gestures consists in retrieving information about gestures from the sound. Inspired by previ-
ous studies investigating clarinetists’ gestures, we focus on the flute, which features numerous playing modes and a rich palette of
sounds. Our goal is to provide musicians with guidelines for using indirect acquisition. For a variety of playing modes, we collected
information about gestures, body parts involved, and effects on the acoustical signal. We then designed signal processing algorithms for
recognizing which gesture is involved in a given sound; later we will quantize related movement by combining direct acquisition,
indirect acquisition and motion capture. Focusing on harmonic note fingerings, a first experiment investigated octave-related harmonic
note fingerings with 1 nonexpert performer (ff dynamics and normal articulation). A target F-guided PCA on the amplitude of the first
six harmonics of Fy/4 from 1 semi-tone frequency bands retrieved the correct fingering with two principle components in all trials. A
second experiment investigated octave and non-octave related harmonic note fingerings with four expert performers. A target F,-guided
PCA on the sum of energies around iFy/k (k=2,...,6; i=1,...,12) provided wider clusters, making more difficult to retrieve the correct
fingering in some specific cases that we will discuss.

8:20

5aMUa2. Control parameters of a generalized vibrato model with modulations of harmonics and residual. Vincent Verfaille

(Centre for Interdisciplinary Research in Music Media & Technology (CIRMMT) - Schulich School of Music - McGill Univ., 555
Sherbrooke Street West, Montreal, QC H3A1E3, Canada, vincent@music.mcgill.ca), Catherine Guastavino (Centre for Interdiscipli-
nary Research in Music Media & Technology (CIRMMT) - School of Information Studies - McGill Univ., 3459 McTavish, Montreal,
QC H3A1Y1, Canada, Catherine.Guastavino@mecgill.ca), Philippe Depalle (Centre for Interdisciplinary Research in Music Media &
Technology (CIRMMT) - Schulich School of Music - McGill Univ., 555 Sherbrooke Street West, Montreal, QC H3A1E3, Canada,
depalle@music.mcgill.ca)

Our previous research focused on vibrato modeling of the harmonics of musical sounds. We demonstrated the need to account for
fundamental frequency modulation, global amplitude modulation, but also spectral envelope modulation linked to brightness
modulations. This may result from nonlinearities between the excitation signal and the resonating body, and/or from variable spectral
sampling of the impedance function as F varies. For instance on flute, vibrato results from air pressure modulations. We also observed
in sounds with vibrato of wind instruments that the residual also exhibits amplitude modulation, somehow due to air pressure modu-
lations that are responsible vibrato. In a pilot listening test on shakuhashi sounds (for which the residual is obviously modulated), we
asked participants to discriminate between the original modulated harmonics plus the amplitude modulated residual, and the original
modulated harmonics plus a non-modulated residual, in a AB comparison task (same/different test). Preliminary results show that par-
ticipants can hear the difference, suggesting that the amplitude modulation on the residual is audible. Subsequently, we developed a
generalized vibrato model incorporating modulations on harmonics and residual. This model is presented here with an emphasis on its
control parameters.
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8:40

5aMUa3. Why practice scales? Details of fingering transitions in flute
playing. André Almeida (University of New South Wales, Music Acous-
tics, School of Physics, NSW 2052 Sydney, Australia,
aalmeida@phys.unsw.edu.au), Renee Chow (University of New South
Wales, Music Acoustics, School of Physics, NSW 2052 Sydney, Australia,
z3130148@student.unsw.edu.au), John Smith (University of New South
Wales, Music Acoustics, School of Physics, NSW 2052 Sydney, Australia,
john.smith@unsw.edu.au)

Mastering a wind instrument requires not only expert blowing and em-
bouchure, but also many hours of practice of exercises that improve the fin-
gering speed, regularity and coordination. Many note transitions involve the
motion of several fingers, often in opposite directions. The order of finger
movement can sometimes affect the transitions between notes and produce
short, spurious notes between the original and destination notes. We adapted
a transverse flute for real time measurement (with a resolution of 3 ms) of
all key positions using reflected light sensors. Beginner and advanced play-
ers were asked to perform a phrase including multifinger transitions. The
detailed motion, average speed and intervals between finger motion were
analysed. The comparison among players is not surprising: an experienced
player was found to have more regular time intervals between fingers mov-
ing in a same direction (within 10 ms) than an amateur (within 25 ms). Con-
trary fingering motions are slightly less regular (15 ms for an experienced
player against 50 ms for an amateur), but still unperceptible to the ear in the
case of the experienced musician. A range of details will be reported, for
instance the influence of scale exercises.
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9:00

5aMUa4. Gesture synthesis: basic control of a flute physical model.
Nicolas Montgermont (Institut Jean Le Rond d’Alembert/LAM
(UPMC/CNRS/Ministére Culture), 11, rue de Lourmel, 75015 Paris,
France, montgermont@Iam.jussieu.fr), Benoit Fabre (Institut Jean Le Rond
d’Alembert/LAM (UPMC/CNRS/Ministére Culture), 11, rue de Lourmel,
75015 Paris, France, fabreb@ccr.jussieu.fr), Patricio De La Cuadra (Centro
de Investigacion en Tecnologias de Audio (CITA), Universidad Catélica de
Chile, Alameda 340, Oficina 13, Casilla 114-D Santiago, Chile, pcuadra@uc
.cl)

In the flute family, the oscillation is due to the instability of a jet at the
output of a channel coupled with an acoustic resonator. Recent physical
models allows to simulate the behavior of the complete instrument, but we
still lack a convincing way to drive them. The simulation of the isolated in-
strument must be completed with a modelization of the control exerted by
the flutist. Depending of the instrument of the flute family, the number and
type of control parameters are differents. For example, in a recorder the
player blows inside a fixed channel built by the instrument maker and in the
case of the transverse flute, the channel is shaped by the player’s lips during
the playing. This paper presents a simple model of flute player, based on
measurements carried on instrumentalists playing on a recorder or a trans-
verse flute. The model is generating the basic features of the instrument con-
trol in order to produce given pitches and dynamics. The coupling with a
flute physical model allows to study its validity.

P2-D, LEVEL 2, 9:40 TO 11:20 A.M.

Session 5aMUb

Musical Acoustics: General (Mode Conversion, Radiation and Perception of Musical Sound) (Poster Session)

All posters will be on display from 9:40 a.m. to 11:20 a.m. To allow contributors an opportunity to see other posters, contributors of
odd-numbered papers will be at their posters from 9:40 a.m. to 10:30 a.m. and contributors of even-numbered papers will be at their

posters from 10:30 a.m. to 11:20 a.m.

Contributed Papers

5aMUb1. Subjective evaluations of the performance proficiency for
fluctuating musical sounds using fluctuation strength or roughness.
Nozomiko Yasui (Graduate School of Science and Technology, Ryukoku
University, 1-5, Yokotani, Oe-cho, Seta, 520-2194 Otsu, Shiga, Japan,
n-yasui@mail.ryukoku.ac.jp), Masafumi Kinou (Graduate School of Sci-
ence and Technology, Ryukoku University, 1-5, Yokotani, Oe-cho, Seta,
520-2194 Otsu, Shiga, Japan, kino@rins.ryukoku.ac.jp), Masanobu
Miura (Graduate School of Science and Technology, Ryukoku University,
1-5, Yokotani, Oe-cho, Seta, 520-2194 Otsu, Shiga, Japan, miura@rins
.ryukoku.ac.jp)

The “Fluctuation Strength (FS)” and the “Roughness” were suggested as
evaluation indices of hearing sensation concerning fluctuated sounds of low
or high frequencies. Past studies have been investigated FS and roughness of
modulated pure tones and broadband noise. However, few studies have been
reported concerning FS and roughness of attenuating sounds produced by
musical instruments and performance proficiency for them. Therefore, the
tremolo played on the mandolin and the closed roll played on the snare-
drum are employed here as fluctuating musical sounds of low or high
frequencies. Introduced here is the FS and roughness as indices for the
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evaluation of the performance proficiency for tremolo and roll. Specifically,
experts of mandolin or snare-drum are asked to play tremolo of various
plucking rate (number of plucking per second) and closed roll of various
stroking rate (number of stroking per second). An evaluation experiment us-
ing the 2AFC method is conducted to evaluate performance proficiency for
tremolo and roll. Aesthetic performances of tremolo and roll are described
as “smooth, or not fluctuated” by trained players. The amount of physical FS
for tremolo and physical roughness for roll are calculated by an original pro-
cedure to investigate relations between physical indices and evaluation
results.

5aMUb2. Musical perception within a highly reverberant room. Nelia
Valverde (Universidad de Castilla-La Mancha, Campus Universitario,
16071 Cuenca, Spain, Nelia.Valverde@uclm.es), Marcos D.
Fernandez (Universidad de Castilla-La Mancha, Campus Universitario,
16071 Cuenca, Spain, Marcos.Fernandez@uclm.es), Javier
Ariza (Universidad de Castilla-La Mancha, Campus Universitario, 16071
Cuenca, Spain, Javier.Ariza@uclm.es), Jose A. Ballesteros (Universidad de
Castilla-La Mancha, Campus Universitario, 16071 Cuenca, Spain,
Josea.Ballesteros@uclm.es), Juan P. Ruiz (Universidad de Castilla-La
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Mancha, Campus Universitario, 16071 Cuenca, Spain, Juanpedro.Ruiz
@uclm.es)

The listening of a musical composition generates a unique and different
perception in every listener, but, at the same time, the specific acoustic con-
ditions of the room chosen for its performance have a decisive influence in
that perception, which can fit in, almost completely, with the acoustic quali-
fication of the room. The aim of this work is to find out how the high re-
verberance of a room can have a strong influence on the perception of a
musical composition. For that aim, the St. Peter’s church (in Cuenca, Spain)
with a circular plan, a reduced volume and a high reverberance time has
been chosen for the performance. A musical composition for voice and elec-
troacoustics has been created specifically for this church. This has been re-
corded within the church using a HATS in the listener position and a set of
music experts have been asked a survey about their impressions on percep-
tion after listening the recording using headphones. The results of the psy-
choacoustic analysis reveal that the high reverberance of this church leads to
an extremely low intelligibility and an unclear sound of the recording. This,
together with an unbereable background noise, gives a general acoustic per-
ception not very attractive.

5aMUb3. Foundations of sound therapy. legor Reznikoff (Université
de Paris X, Département de Philosophie, 92001 Nanterre, France,
dominiqueleconte@yahoo.fr)

In the practice of music therapy, the use of the sounds of a live naturally
singing voice appears to be the most effective; in some cases, results are
obtained whereas there are no results using musical sounds, and generally
results are obtained in a much shorter time. Sounds and singing in just in-
tonation are particularly efficient. This practice introduces to a deep under-
standing of sound therapy. Sketched here are the vocal sound/body relation-
ship and the vocal sound / consciousness relationship, which are relevant in
this therapy. Finally clinical examples are given (coma states, loss of speech,
old persons, states close to death, mind handicapped persons, depression,
etc.). Bibliography I. Reznikoff: On Primitive Elements of Musical Mean-
ing, www.musicandmeaning.net, Journal of Music and Meaning 3 (Invited
papers), 2005.

5aMUb4. Broadband directive sources modeling for acoustic
discrete-time domain methods. José Escolano (University of Jaén,
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Alfonso X, 28, E-23700 Linares, Spain, escolano@ujaen.es),José J.
Lopez (Tech. Univ. of Valencia, Camino de Vera S/N, 46021 Valencia,
Spain, jjlopez@dcom.upv.es)

The use of sources with complex directivities in discrete-time domain
methods, such as the finite-difference time-domain method or the digital
waveguide mesh, is a recently open topic. However, so far, the provided so-
lutions work for discrete frequencies or frequency-independent sources.
Both solutions are useful for very particular cases and in most cases, far
from real sources. This paper provides an extension in the use of a monopole
source combination for broadband directive sources in discrete-time domain
simulations. This method results very effective for frequency-independent
and dependent sources, even in cases where the directivity diagrams have
considerable lobules. Finally, this method will be tested through several
examples.

5aMUb5.  Auditory resolution in virtual environments: Effects of
spatialization algorithm, off-center listener positioning and speaker
configuration. Georgios Marentakis (Centre for Interdisciplinary Re-
search in Music Media & Technology (CIRMMT) - Schulich School of Mu-
sic - McGill Univ., 555 Sherbrooke Street West, Montreal, QC H3A1E3,
Canada, gmarentakis@music.mcgill.ca), Nils Peters (Centre for Interdisci-
plinary Research in Music Media & Technology (CIRMMT) - Schulich
School of Music - McGill Univ., 555 Sherbrooke Street West, Montreal, QC
H3AL1E3, Canada, nils.peters@mcgill.ca), Stephen McAdams (Centre for
Interdisciplinary Research in Music Media & Technology (CIRMMT) -
Schulich School of Music - McGill Univ., 555 Sherbrooke Street West,
Montreal, QC H3A1E3, Canada, smc@music.mcgill.ca)

We present the results of an empirical study on the effects of room and
off-center listener positioning on sound localization in two virtual environ-
ments, VBAP and Ambisonics. Localization accuracy has been assessed by
estimating Minimum Audible Angles and Minimum Audible Movement
Angles for the two spatialization algorithms and for three directions of
sound incidence, in the studio and a concert hall for listeners in off-center
listener positions, with two loudspeaker setups. A model of localization ac-
curacy as a function of the experimental variables is presented, that can be
used to quantify the effects of the room and off-center listening positions on
sound localization and auditory movement detection.
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5aMUcl. Analysis of drum player’s motion. Hiroshi Kawakami(Nihon
University, 2-42-1 Asahigaoka, Nerima, 176-8525 Tokyo, Japan,
hkawakami@eva.hi-ho.ne.jp), Yuki Mito (Nihon University, 2-42-1 Asahi-
gaoka, Nerima, 176-8525 Tokyo, Japan, mitotic@hotmail.com), Reiji
Watanuma (Nihon University, 2-42-1 Asahigaoka, Nerima, 176-8525 To-
kyo, Japan, VFE16733@nifty.ne.jp), Mieko Marumo (Nihon University,
2-42-1 Asahigaoka, Nerima, 176-8525 Tokyo, Japan, marumo@rg8.so-net

.ne.jp)

In this experiment, the motion of a drum player’s arm was measured by
the optical motion capture system in various performance types. From these
actual movement data, we analyzed about the acceleration and sound energy
flux of the stick before and after excitation. Moreover, the snap of a wrist
which is very important at the time of a high drum performance and the
relation of acceleration, and the relation of sound energy flux were also
analyzed. From those results, it was suggested that the snap of the wrist was
important at the time of a high drum performance, and it was concerned
with sound power. Especially, the performance which player hit the drum
speedy and repeatedly was concerned with the acceleration of stick before
and after excitation.

5aMUc2. Dampening vibration modes of the snare drum batter head.
Barry Larkin (lowa State University, Department of Music, Music Hall,
Ames, IA 50011, USA, blarkin@iastate.edu), Andrew Morrison (lllinois
Wesleyan University, Department of Physics, 1312 N. Park St., Blooming-
ton, IL 61701, USA, amorriso@iwu.edu)

Percussionists have always had to contend with an undesirable ringing
sound while performing on the snare drum. It is usually referred to as the
“edge ring.” A common method to eliminate this sound comes from placing
some type of dampening material on the edge of the drum head.
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Manufacturers of drums have provided many ways of dealing with this
problem including internal dampening devices, customized drums heads or
material designed to be placed on the drum head. Using electronic television
holography, it was revealed the source of this “ring” to be the third mode of
vibration that produces a pitch approximately one octave and a half step
above the fundamental [Larkin and Morrison, JASA, 122, #5, p 3056]. In
this update to the previous work, we will show the effect of dampening de-
vices on the third and other modes.

5aMUc3. Finite element modelling of steelpan acoustics. Derek A.
Gay (The University of The West Indies, Department Civil Engineering, St
Augustine, Trinidad and Tobago, derek.gay@sta.uwi.edu)

In this paper the finite element method is used to model acoustic vibra-
tions of steelpan shells. The steelpan surface is characterized as a three-
dimensional compound shell, comprising notes (surfaces with reverse
curvature) on a concave ellipsoidal surface attached to a cylindrical shell
(the skirt). In this model note and inter-note surfaces are defined by geomet-
ric parameters which can be varied to define complex surface geometries.
The geometric mesh model is used develop tenor, cello and bass steelpans
instruments and a 3D finite element shell vibration algorithm is used to dem-
onstrate their vibration characteristics. Modes shapes and frequencies of the
composite shell structures are computed for typical configurations of note
and skirt geometry. The model demonstrates that there exist many composite
natural modes of a playing surface involving the interaction between two or
more notes. In addition, it is found that the frequency range of mode shapes
associated primarily within skirt vibration overlaps with the musical range
of the notes underscoring the potential for “skirt-note” coupling. The degree
of frequency overlap was found to be largely dependent on skirt length and
configuration.
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5aMUd1. The perceptual and cognitive nonlinearities underlying
musical preference across multiple exposures.  Elizabeth H.
Margulis (University of Arkansas, Department of Music - MUSC 109, Fay-
etteville, AR 72701, USA, ehm@uark.edu), Anil K. Roy (Northwestern
University, 2240 Campus Drive, Evanston, IL 60208, USA,
a-roy@u.northwestern.edu), Patrick C. Wong (Northwestern University,
2240 Campus Drive, Evanston, IL 60208, USA, pwong@northwestern.edu)

Repetition is a fundamental part of engagement with the auditory world.
Repeated exposures influence what gets perceived as important and what
features are singled out for attention. That repetition can also influence the
mysterious phenomenon of aesthetic enjoyment is a longstanding observa-
tion to which much intellectual attention has been paid. A special case of
repetition and perceptual learning is music, a domain in which people
choose to be exposed to the identical stimulus again and again. This appar-
ent preference for repeated exposures connects fundamentally to notions of
human identity, affect, cognitive processing, and neural function. \We report
on a set of experiments that uses behavioral measures to assess perceptual
changes across multiple exposures (five over one week) of a 20-minute
piece for orchestra. Across the five exposures, we found an inverted U-shape
preference response, which possibly is decomposable to the complex inter-
action of multiple nonlinear components, represented by performance on
tasks relating to memory, attention, affect, syntax, and error detection We
argue that musical preference has remained a puzzle because the behavior
depends on an underlying complex system with numerous nonlinear cogni-
tive components revealed by our results. [Work supported by NIH, NSF, and
Northwestern University. ]

5aMUd2. Single sensor singer/music separation using a source/filter
model of the singer voice. Jean-Louis Durrieu (Télécom Paristech
(ENST) / TSI - CNRS LTCI, 46, rue Barrault, 75634 Paris Cedex 13,
France, durrieu@enst.fr), Bertrand David (Télécom Paristech (ENST) /
TSI - CNRS LTCI, 46, rue Barrault, 75634 Paris Cedex 13, France,
bertrand.david@enst.fr), Gaél Richard (Télécom Paristech (ENST) / TSI -
CNRS LTCI, 46, rue Barrault, 75634 Paris Cedex 13, France, gael.richard
@enst.fr)

Separating the singer voice from polyphonic music signals has many
useful applications, such as demixing/remixing, desoloing or audio
indexing. In the works of Benaroya on single sensor blind source separation,
the signals are modeled by Gaussian mixtures (GMM) such that each state is
characterized by a spectral shape. The separation itself is then done by adap-
tive Wiener filtering. However, to better fit general signals, the number of
states for the vocal model should be equal to the number of notes multiplied
by the number of vowels (or canonical vocal tract shapes) that the singer
uses. Therefore, in order to separate a singer voice from background music,
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we suggest a source/filter model for the singer signal, keeping the same
models as used by Benaroya for the background music signal. Assuming the
presence of only one singer, we separate the desired part from the rest by
first estimating the sung melody thanks to the source part of our model and
then re-evaluating the parameters of our model. This research is partly sup-
ported by the European Commission under contract FP6-027026-K-SPACE
and by the French All (Quaero project).

5aMUd3. What/when causal expectation modelling applied to
percussive audio. Amaury Hazan (Pomeu Fabra University, Ocata 1,
08003 Barcelona, Spain, ahazan@iua.upf.edu), Paul Brossier (Pomeu
Fabra University, Ocata 1, 08003 Barcelona, Spain, piem@piem
.org), Ricard Marxer (Pomeu Fabra University, Ocata 1, 08003 Barcelona,
Spain, rmarxer@iua.upf.edu), Hendrik Purwins (Pomeu Fabra University,
Ocata 1, 08003 Barcelona, Spain, hpurwins@iua.upf.edu)

A causal system for representing a musical stream and generating further
expected events is presented. Starting from an auditory front-end which ex-
tracts low-level (e.g., spectral shape, mel frequency cepstral coefficients)
and midlevel features such as onsets and beats, an unsupervised categorisa-
tion process builds and maintains a set of symbols aimed at representing
musical stream events using both timbre and time descriptions. The time
events are represented using inter-onset intervals relative to the beats. These
symbols are then processed by an expectation module based on predictive
partial match, a multiscale technique derived from N-grams. The system ca-
pacity to generate an expectation that matches its transcription is evaluated
using drum recordings from the ENST-drums database. We show that the
MFCC-based representation leads to a more compact set of symbols and a
better match between transcription and expectation. Also, we suggest that
the system is sensitive to exposure and illustrate some properties of the ex-
pectation entropy while attending percussive audio patterns.

5aMUd4. Dynamical hierarchical self-organization of harmonic and
motivic musical categories. Ricard Marxer (Pomeu Fabra University,
Ocata 1, 08003 Barcelona, Spain, rmarxer@iua.upf.edu), Piotr
Holonowicz (Pomeu Fabra University, Ocata 1, 08003 Barcelona, Spain,
pholonow@iua.upf.edu), Amaury Hazan (Pomeu Fabra  University,
Ocata 1, 08003 Barcelona, Spain, ahazan@iua.upf.edu), Hendrik
Purwins (Pomeu Fabra University, Ocata 1, 08003 Barcelona, Spain,
hpurwins@iua.upf.edu)

We introduce a generic model of emergence of musical categories during
the listening process. The model is based on a preprocessing and a catego-
rization module. Preprocessing results in a perceptually plausible represen-
tation of music events extracted from symbolic input. The categorization
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module lets a taxonomy of musical entities emerge according to a cogni-
tively plausible online learning paradigm. We show the advantages of using
a conceptual clustering method in the musical domain. The system extracts
multilevel hierarchies and can be tuned to clustering at various resolutions.
The potential of the model is exemplified by exposing it to two different
datasets resulting in music harmonic and motivic categorization consistent
with music theory.

5aMuUd5. A comparison of molecular approaches for generating sparse
and structured multiresolution representations of audio and music
signals. Bob Sturm (University of California, Box 117, Department of
Electrical and Computer Engineering, Santa Barbara, CA 93106, USA,
boblsturm@ece.ucsb.edu), John J. Shynk (University of California, Box
117, Department of Electrical and Computer Engineering, Santa Barbara,
CA 93106, USA, shynk@ece.ucsh.edu), Aaron McLeran (University of
California, Media Arts and Technology Program, Santa Barbara, CA 93106,
USA, amcleran@gmail.com), Curtis Roads (University of California, Me-
dia Arts and Technology Program, Santa Barbara, CA 93106, USA,
clang@mat.ucsb.edu), Laurent Daudet (UPMC Univ Paris 06, LAM /
IJLRA, 11 rue de Lourmel, 75015 Paris, France, daudet@lam.jussieu.fr)

The authors investigate the characteristics and performance of joint
(single-step) and sequential (two-step) approaches to creating sparse and
structured multiresolution representations of audio and music signals de-
rived using sparse overcomplete methods. A joint approach, such as molecu-
lar matching pursuit, attempts to find structures in a signal as part of the
decomposition process, while a sequential approach, such as agglomerative
clustering, attempts to find structures in the completed decomposition of a
signal. Each of these approaches have different benefits and drawbacks. For
a joint approach, it is computationally convenient that the decomposition
and structuring are done simultaneously, but usually only simple structural
relations are possible. For a sequential approach, one is working in a param-
eter space of much smaller dimension than the original signal, but the com-
putation is higher since the decomposition and the structure building are two
separate processes. Results from these approaches using real audio and mu-
sic signals will be compared and contrasted, and will contribute to our goal
of creating an enhanced interface between the content of audio and music
signals, e.g., onsets, notes, voices, and their multiresolution sparse atomic
decompositions.

5aMUd6. Initialization, distances and local minima in audio
applications of the non-negative matrix factorization. Nancy
Bertin (Télécom Paristech (ENST) / TSI - CNRS LTCI, 46, rue Barrault,
75634 Paris Cedex 13, France, nbertin@enst.fr), Roland Badeau (Télécom
Paristech (ENST) / TSI - CNRS LTCl, 46, rue Barrault, 75634 Paris Cedex
13, France, roland.badeau@enst.fr)

The use of the non-negative matrix factorization (NMF) as a decompo-
sition technique has dramatically grown in various signal processing appli-
cations over the last years. Its computation, based on the iterative minimi-
zation of a cost function, relies on several choices, among which the
distance involved in the cost function itself but also the initialization of the
algorithm. These choices are all the more crucial as the usual algorithms,
iterative, only ensure convergence to a local minimum. In this work, we
compare three typical distances in the NMF problem (namely Euclidian,
Kullback-Leibler divergence and ltakura-Saito distance) and their combina-
tion with different initializations, in an audio context: decomposition of the
time-frequency representation for the transcription of polyphonic music.
Both the existence of global and local minima, and the efficiency of tran-
scription are examined. Moreover, NMF update rules can be formulated in a
unified framework for the three aforementioned cost functions. This formu-
lation allows figuring out new NMF algorithms which could address the lo-
cal minima question.

S833 AcTA AcusTICA UNITED WITH AcusTicA Vol. 94 (2008) Suppl. 1

5aMUd7. Automatic morphological description of sounds. Geoffroy G.
Peeters (Ircam, 1, pl. Igor Stravinsky, 75004 Paris, France, peeters@ircam
.fr), Emmanuel Deruty (Ircam, 1, pl. Igor Stravinsky, 75004 Paris, France,
emmanuel.deruty@gmail.com)

Morphological description has been proposed by Pierre Schaeffer. It
consists in describing sounds by identifying the temporal evolution of their
acoustical properties to a set of profiles. This kind of description is espe-
cially useful for indexing sounds with unknown cause such as SoundFX.
The present work deals with the automatic estimation of this morphological
description from audio signal analysis. In this work, three morphological de-
scriptions are considered: - dynamic profiles (ascending, descending, as-
cending/descending, stable, impulsive), - melodic profiles (asc., desc. fixed,
up/down, down/up) - repetition profiles. For each case we present the most
appropriate audio features (loudness, pitch, pitch salience, temporal in-
crease/decrease, lag-matrix-periodicity, ...) and mapping algorithm (slope
computed from spline approximations of temporal profiles, ...) used to au-
tomatically estimate the profiles. We demonstrate the use of these descrip-
tions for automatic indexing (using decision trees) and search-by-similarity
of SoundFX.

5aMUd8. Sound feature extraction to distinguish between a grand and
an upright piano. Grigorios Plitsis (Greece, grigoriosplitsis@merseymail
.com)

The sound of a grand piano differs from that of an upright piano. In or-
der to find what characterizes the produced sound, an instrument recognition
system capable of producing a model of the sound features should be
created. Feature extraction can be performed with the use of the Mel fre-
quency cepstral coefficients (MFCCs). This method is useful as it approxi-
mates the mechanism of human hearing. Statistical modeling can be further
applied using the Gaussian mixture model (GMM) so as to train the system.
In order to decide whether the under test instrument is a grand or an upright
piano the log-likelihood should be calculated. This study could assist in the
identification of the parameters defining the sound of a grand and an upright
piano.

5aMUd9. Instrument sound description and modelisation in the
context of computer aided orchestration. Damien Tardieu (Ircam, 1, pl.
Igor Stravinsky, 75004 Paris, France, Damien.Tardieu@ircam.fr), Grégoire
Carpentier (Ircam, 1, pl. Igor Stravinsky, 75004 Paris, France, Gregoire
.Carpentier@ircam.fr), Geoffroy G. Peeters (Ircam, 1, pl. lgor Stravinsky,
75004 Paris, France, peeters@ircam.fr)

We present a work related to the description of instrumental sound in the
context of computer aided orchestration. We define the orchestration prob-
lem as the search of instrument sound combinations that sound close to a
given target. In the presented approach, instrument sounds are described by
a set of acoustic features that are extracted from large sound sample
databases. The features are then modeled by a probabilistic distribution. Fi-
nally the models are combined to approximate the description of a combi-
nation of instrument sounds. We discuss the requirement induced by the or-
chestration problem on the choice of the acoustic features and detail the
chosen set of features. In a second part we describe the method used to learn
the probabilistic model of different instruments and playing techniques and
show that it allows to learn the models from few samples and to deduce the
models of some playing techniques, pitches or dynamics that are not avail-
able in the training set. Finally we evaluate the proposed method on classi-
fication tasks and describe its integration in a computer assisted orchestra-
tion program.
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Contributed Paper

11:00
5aMUel. Early use of the Scott-Koenig phonautograph for
documenting performance. George Brock-Nannestad (Patent Tactics,
Resedavej 40, DK-2820 Gentofte, Denmark, pattac@image.dk), Jean-Marc
Fontaine (Université UPMC - Ministére de la Culture - CNRS - IJRA -
LAM, 11, rue de Lourmel, F-75015 Paris, France, jmfontai@ccr.jussieu.fr)

Acoustics in the 1850s combined listening, observation and notation.
This was “real-time”, catching any phenomenon as it appeared. If it was re-
peatable, one could prepare for it. Continuous data rather than observation
data enabled a very different analysis from observation and notebooks.
Edouard-Léon Scott’s invention of the phonautograph enabled this. A sur-
face moved below a stylus that was vibrated by sound in air. Originally a

blackened glass plate, the scientific instrument maker Rudolph Koenig con-
tributed by devising a very long axis representing time, because now black-
ened paper was wrapped around a cylinder on a threaded shaft. A two-
dimensional representation of the individual vibrations was obtained. Scott
both deposited a sealed letter with the Paris Academy of Sciences in Janu-
ary, 1857 and filed a patent application in April, 1857. Later he deposited a
further sealed letter and in 1859 he filed an application for patent of
addition. Following the thoughts expressed and documented in his manu-
scripts here analyzed in context and comparing with Koenig’s production it
is feasible to see how they were dependent on each other, although they had
different purposes in mind. The paper concentrates on Scott’s interests in
performance, and a number of original tracings are discussed.
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11:20

5aMUe2. Sparse representations of audio: from source separation to wavefield compressed sensing? Remi Gribonval (INRIA,
IRISA, Campus de Beaulieu, 35042 Rennes Cedex, France, remi.gribonval@irisa.fr)

Sparse signal representations, which are at the heart of today’s coding standards (JPEG, MPEG, MP3), are known to have had a
substantial impact in signal compression. Their principle is to represent high-dimensional data by a combination of a few elementary
building blocks, called atoms, chosen from a large collection called a dictionary. Over the last five years, theoretical advances in sparse
representations have highlighted their potential to impact all fundamental areas of signal processing. We will discuss some current and
emerging applications of sparse models in musical sound processing including: signal acquisition (Compressed Sensing - sampling wave
fields at a dramatically reduced rate) and signal manipulation (e.g., source separation and enhancement for digital remastering). We will
conclude by discussing the new algorithmic and modeling challenges raised by these approaches.

11:40

5aMUe3. Towards a hierarchically sparse model for audio signals. Laurent Daudet (UPMC Univ Paris 06, LAM / IJLRA, 11 rue
de Lourmel, 75015 Paris, France, daudet@lam.jussieu.fr)

In this paper we discuss a major issue that arises when building sparse atomic models for music signals: in which space (/
dictionary) should we represent the signals? Having extremely redundant dictionaries is very informative for the locally most important
atoms, but is irrelevant for the detail atoms that represent residual signals. Also, what are the advantages of dictionaries composed of
learned atoms (which brings the issue of representativeness) compared to generic dictionaries? We here advocate for non-fixed dictio-
naries, with a multi-layered hierarchical decomposition: the first layer roughly describes the signal, in an extremely redundant, signal-
tailored, structured dictionary. This layer is also very sparse, most of the information being carried by the atoms’ parameters, similarly
to parametric representations. Subsequent layers give more and more details, increasing the data amount while reducing overcomplete-
ness and structural model constraints. These techniques have obvious applications for audio coding, but are also useful for scalable
music data mining. This research is supported by the French ANR (DESAM project).

12:00

5aMUe4. Bayesian inference in hierarchical non-negative matrix factorisation models of musical sounds. Ali Taylan Cemgil
(University of Cambridge, Trumpington Street, CB2 1PZ Cambridge, UK, atc27@cam.ac.uk), Tuomas Virtanen (Tampere University
of Technology, Inst. of Signal Processing, FI-33101 Tampere, Finland, tuomas.virtanen@tut.fi)

There has been a surge of interest to efficient audio and music modeling using tools from statistical machine learning. One such
technique, that has been particularly successful, is non-negative matrix factorisation (NMF). However, a detailed theoretical under-
standing of this success is missing, as well as links to other modeling strategies such as sinusoidal or harmonic models. To fill this gap,
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we describe NMF in a statistical framework, as a hierarchical generative model consisting of an observation and a prior component. \We
show that particular choices lead to standard NMF algorithms as special cases, where parameter estimation is carried out via maximum
likelihood. Starting from this view, we develop extensions that facilitate more realistic acoustic modeling (such as spectral smoothness
or harmonicity of natural sounds) and alternative inference techniques via Gibbs sampling and variational Bayes, which allow us to do
principled comparisons between alternative models via Bayesian model selection. Our novel construction, where we make use of Mar-
kov chains of Gamma random variables, retains conjugacy and enables us to develop models that fit better to real data while retaining
attractive features of standard NMF such as fast convergence and easy implementation. We illustrate our approach on polyphonic pitch
estimation.

12:20

5aMUe5. On sinusoidal modeling of nonstationary signals. Axel Roebel (IRCAM, 1, pl. Igor-Stravinsky, 75004 Paris, France,
roebel@ircam.fr)

In this presentation we are going to give an overview over a number of techniques that have been developed in our group to improve
the modeling of musical (nonstationary) signals using sinusoidal models. One of the basic problems with sinusoidal models is the fact
that the underlying theory is derived assuming stationary sinusoids, while in the real world all sinusoidal components are non stationary.
The two topics that will be covered main are, first a technique that allows to distinguish between nonstationary sinusoidal components,
noise and transients, and second a new technique for parameter estimation of nonstationary sinusoids using frequency domain
demodulation.

12:40-1:40 Lunch Break
Invited Papers

1:40

5aMUe6. Advances in the tracking of partials for the sinusoidal modeling of musical sounds. Sylvain Marchand (LaBRI -
CNRS, University of Bordeaux 1, 351 cours de la Liberation, F-33405 Talence, France, sylvain.marchand@Iabri.fr)

Whereas sinusoidal modeling is widely used for sounds, polynomial models are still used for the model parameters, which can
hardly handle modulations (vibrato and tremolo) present in musical sounds. Moreover, the partial tracking algorithms are often designed
under stationarity assumptions. Advances in partial tracking may come out of the modeling of the partials themselves. We consider their
parameters (frequencies and amplitudes) as predictable and slow time varying: First, the future of any partial can be determined from
its past evolutions; second, no audible frequency should appear in the spectral content of these evolutions, otherwise it would question
the perceptive consistency of the model. We then choose to handle nonstationary sinusoidal modeling by a deterministic approach based
on linear prediction of the partial evolutions and partial discrimination based on the spectral properties of these evolutions. The under-
lying model for each partial is now a sum of sinusoids, thus leading to a two-level sinusoidal modeling, well suited for musical sounds,
where modulations are important. The enhanced partial tracking algorithm also handles the case of crossing partials, without the need
for any probabilistic approach. Better modeling the deterministic part of polyphonic sounds leads to enhanced source separation an