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The AES has launched a new opportunity to recognize
student members who author technical papers. The Stu-
dent Paper Award Competition is based on the preprint
manuscripts accepted for the AES convention.

Forty-two student-authored papers were nominated.
The excellent quality of the submissions has made the
selection process both challenging and exhilarating. 

The award-winning student paper will be honored dur-
ing the convention, and the student-authored manuscript
will be published in a timely manner in the Journal of the
Audio Engineering Society.

Nominees for the Student Paper Award were required
to meet the following qualifications:

(a) The paper was accepted for presentation at the
AES 125th Convention.

(b) The first author was a student when the work was
conducted and the manuscript prepared.

(c) The student author’s affiliation listed in the manu-
script is an accredited educational institution.

(d) The student will deliver the lecture or poster pre-
sentation at the Convention.

* * * * *

The winner of the 125th AES Convention 
Student Paper Award is:

An Initial Validation of Individalized Crosstalk 
Cancellation Filters for Binaural Perceptual

Experiments
—Alastair Moore (Presenting Author) 

Anthony Tew, Rozenn Nicol, 
Convention Paper 7582

To be presented on Saturday, October 4 in Session P14 
—Listening Tests and Psychoacoustics

* * * * *

Preconvention Special Event
LIVE SOUND SYMPOSIUM: SURROUND LIVE VI
Acquiring the Surround Field
Wednesday, October 1, 9:00 am – 4:00 pm
The Lodge Ballroom, Regency Center
1290 Sutter St., San Francisco
Tel. +1 415 673 5716

Preconvention Special Event; additional fee applies

Chair: Frederick J. Ampel, Technology Visions, 
Overland Park, KS, USA

Panelists: Fred Aldous 
Kevin Cleary
Kurt Graffy 
Jim Hilson 

James D. (JJ) Johnston 
Michael Nunan
Mike Pappas 
Tom Sahara 
Jim Starzynski 
Speed Network, NFL Films, NPR, and others 
to be announced

NOTE: Program subject to change based on avail
ability of personnel.

Building from the five previous, highly successful Sur-
round Live symposia, Surround Live Six, will once again
explore in detail, the world of Live Surround Audio.

Frederick Ampel, President of consultancy Technology 
Visions, in cooperation with the Audio Engineering Soci-
ety, brings this years event back to San Francisco for the
third time.
The event will feature a wide range of professionals from
both the televised Sports arena, Public Radio, and the
digital processing and encoding sciences.

Surround Live Six Platinum Sponsors are: Neural 
Audio and Sennheiser/K&H.

Surround Live Six Gold Sponsor is: Ti-Max/Outboard
Electronics

8:15 am – 9:00 am – Coffee, Registration, Continental 
Breakfast

9:00 am – Keynote #1 – Kurt Graffy

9:40 am –  Keynote #2 – J. Johnston

10:15 am – 10:25 am – Coffee Break

10:30 am – 12:30 pm – Presenters 1, 2, & 3 plus Live 
Demonstrations and Demo Video Clips with Surround
Audio

12:30 pm – 1:00 pm – Lunch (provided for Ticketed Par-
ticipants)

1:00 pm – 3:00 pm – Presenters 4, 5, & 6 with Live 
Demonstrations and Clips

3:00 pm – 3:15 pm – Break

3:15 pm – 4:30 pm – Panel Discussion and Interactive
Q&A

4:30 pm – 5:00 pm – Organ Concert (Pending availability 
of Organist) featuring the 1909 Austin Pipe Organ

Scheduled to appear are:
• Fred Aldous – FOX Sports Audio Consultant/Sr. Mixer
• Kevin Cleary – ESPN
• Kurt Graffy – ARUP Acoustics – San Francisco –Co-

Keynote
• Jim Hilson – Dolby Laboratories – San Francisco,
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CA.
• James D. (JJ) Johnston – Chief Scientist, Neural 

Audio, Kirkland, WA.
• Michael Nunan – CTV
• Mike Pappas – KUVO Radio – Denver
• Tom Sahara – Sr. Director of Remote Operations &

IT Turner Sports
• Jim Starzynski – Principal Engineer and Audio Archi-

tect NBC Universal
• Other possible presenters include Speed Network,

NFL Films, and NPR.

The day’s events will include formal presentations, spe-
cial demonstration materials in full surround, and interac-
tive discussions with presenters. 

PLEASE NOTE: PROGRAM SUBJECT TO CHANGE
PRIOR TO THE EVENT. FINAL PROGRAM WILL 
DEPEND ON PRESENTER AVAILABILITY AND
SCHEDULES. SPACE IS LIMITED TO THE FIRST 200
WHO REGISTER.

Wednesday, October 1 1:30 pm Room 232
Standards Committee Meeting SC-02-02 Digital 
Input/Output Interfacing

Session P1 Thursday, October 2
9:00 am – 12:30 pm Room 222

AUDIO CODING

Chair: Marina Bosi, Stanford University, Stanford, 
CA, USA 

9:00 am

P1-1 A Parametric Instrument Codec for Very Low
Bit Rates—Mirko Arnold, Gerald Schuller,
Fraunhofer Institute for Digital Media 
Technology, Ilmenau, Germany

A technique for the compression of guitar signals
is presented that utilizes a simple model of the
guitar. The goal for the codec is to obtain 
acceptable quality at significantly lower bit rates
compared to universal audio codecs. This instru-
ment codec achieves its data compression by
transmitting an excitation function and model pa-
rameters to the receiver instead of the wave-
form. The parameters are extracted from the sig-
nal using weighted least squares approximation
in the frequency domain. For evaluation a listen-
ing test has been conducted and the results are
presented. They show that this compression
technique provides a quality level comparable to
recent universal audio codecs. The application
however is, at this stage, limited to very simple
guitar melody lines. 
[This paper is being presented by Gerald
Schuller.]
Convention Paper 7501

9:30 am

P1-2 Stereo ACC Real-Time Audio Communication
—Anibal Ferreira,1,2 Filipe Abreu,3
Deepen Sinha2
1University of Porto, Porto, Portugal
2ATC Labs, Chatham, NJ, USA
3SEEGNAL Research, Portugal

Audio Communication Coder (ACC) is a codec

that has been optimized for monophonic encod-
ing of mixed speech/audio material while mini-
mizing codec delay and improving intrinsic error
robustness. In this paper we describe two major
recent algorithmic improvements to ACC: 
on-the-fly bit rate switching and coding of stereo.
A combination of source, parametric, and per-
ceptual coding techniques allows a very graceful
switching between different bit rates with mini-
mal impact on the subjective quality. A real-time
GUI demonstration platform is available that 
illustrates the ACC operation from 16 kbit/s
mono till 256 kbit/s stereo. A real-time two-way
stereo communication platform over Bluetooth
has been implemented that illustrates the ACC
operational flexibility and robustness in error-
prone environments.
Convention Paper 7502

10:00 am

P1-3 MPEG-4 Enhanced Low Delay AAC—A New 
Standard for High Quality Communication—
Markus Schnell,1 Markus Schmidt,1 Manuel 
Jander,1 Tobias Albert,1 Ralf Geiger,1 Vesa
Ruoppila,2 Per Ekstrand,2 Bernhard Grill1
1Fraunhofer IIS, Erlangen, Germany 
2Dolby Stockholm/Sweden, Nuremberg/Germany

The MPEG Audio standardization group has re-
cently concluded the standardization process for
the MPEG-4 ER Enhanced Low Delay AAC
(AAC-ELD) codec. This codec is a new member
of the MPEG Advanced Audio Coding family. It
represents the efficient combination of the AAC
Low Delay codec and the Spectral Band Repli-
cation (SBR) technique known from HE-AAC.
This paper provides a complete overview of the
underlying technology, presents points of opera-
tion as well as applications, and discusses
MPEG verification test results.
Convention Paper 7503

10:30 am

P1-4 Efficient Detection of Exact Redundancies in
Audio Signals—José R. Zapata G.,1 Ricardo A.
Garcia2
1Universidad Pontificia Bolivariana, Medellín, 
Antioquia, Colombia

2Kurzweil Music Systems, Waltham, MA, USA

An efficient method to identify bitwise identical
long-time redundant segments in audio signals
is presented. It uses audio segmentation with
simple time domain features to identify long term
candidates for similar segments, and low level
sample accurate metrics for the final matching.
Applications in compression (lossy and lossless)
of music signals (monophonic and multichannel)
are discussed.
Convention Paper 7504

11:00 am

P1-5 An Improved Distortion Measure for Audio
Coding and a Corresponding Two-Layered
Trellis Approach for its Optimization—Vinay
Melkote, Kenneth Rose, University of California,
Santa Barbara, CA, USA

Technical Program
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The efficacy of rate-distortion optimization in 
audio coding is constrained by the quality of the
distortion measure. The proposed approach is
motivated by the observation that the Noise-to-
Mask Ratio (NMR) measure, as it is widely used,
is only well adapted to evaluate relative distor-
tion of audio bands of equal width on the Bark
scale. We propose a modification of the distor-
tion measure to explicitly account for Bark band-
width differences across audio coding bands.
Substantial subjective gains are observed when
this new measure is utilized instead of NMR in
the Two Loop Search, for quantization and cod-
ing parameters of scalefactor bands in an AAC
encoder. Comprehensive optimization of the
new measure, over the entire audio file, is then
performed using a two-layered trellis approach,
and yields nearly artifact-free audio even at low
bit-rates.
Convention Paper 7505]
[Convention Paper 7506 was withdrawn]

11:30 am

P1-6 Spatial Audio Scene Coding—Michael M.
Goodwin, Jean-Marc Jot, Creative Advanced
Technology Center, Scotts Valley, CA, USA

This paper provides an overview of a framework
for generalized multichannel audio processing.
In this Spatial Audio Scene Coding (SASC)
framework, the central idea is to represent an 
input audio scene in a way that is independent of
any assumed or intended reproduction format.
This format-agnostic parameterization enables
optimal reproduction over any given playback
system as well as flexible scene modification.
The signal analysis and synthesis tools needed
for SASC are described, including a presentation
of new approaches for multichannel primary-
ambient decomposition. Applications of SASC to
spatial audio coding, upmix, phase-amplitude
matrix decoding, multichannel format conver-
sion, and binaural reproduction are discussed.
Convention Paper 7507

12:00 noon

P1-7 Microphone Front-Ends for Spatial Audio
Coders—Christof Faller, Illusonic LLC, 
Lausanne, Switzerland

Spatial audio coders, such as MPEG Surround,
have enabled low bit-rate and stereo backwards
compatible coding of multichannel surround 
audio. Directional audio coding (DirAC) can be
viewed as spatial audio coding designed around
specific microphone front-ends. DirAC is based
on B-format spatial sound analysis and has no
direct stereo backwards compatibility. We are
presenting a number of two capsule-based
stereo compatible microphone front-ends and
corresponding spatial audio encoder modifica-
tions that enable the use of spatial audio coders
to directly capture and code surround sound.
Convention Paper 7508

Session P2 Thursday, October 2
9:00 am – 1:00 pm Room 236

ANALYSIS AND SYNTHESIS OF SOUND

Chair: Hiroko Terasawa, Stanford University, Stanford, 
CA, USA

9:00 am

P2-1 Spatialized Additive Synthesis of 
Environmental Sounds—Charles Verron,1,2

Mitsuko Aramaki,3 Richard Kronland-Martinet,2
Grégory Pallone1
1Orange Labs, Lannion, France
2Laboratoire de Mécanique et d’Acoustique,
Marseille, 
France

3Institut de Neurosciences Cognitives de la 
Méditerranée, Marseille, France 

In virtual auditory environment, sound sources
are typically created in two stages: the “dry”
monophonic signal is synthesized, and then, the
spatial attributes (like source directivity, width,
and position) are applied by specific signal pro-
cessing algorithms. In this paper we present an
architecture that combines additive sound syn-
thesis and 3-D positional audio at the same level
of sound generation. Our algorithm is based on
inverse fast Fourier transform synthesis and 
amplitude-based sound positioning. It allows
synthesizing and spatializing efficiently sinusoids
and colored noise, to simulate point-like and 
extended sound sources. The audio rendering
can be adapted to any reproduction system
(headphones, stereo, 5.1, etc.). Possibilities of-
fered by the algorithm are illustrated with envi-
ronmental sound.
Convention Paper 7509

9:30 am

P2-2 Harmonic Sinusoidal + Noise Modeling of 
Audio Based on Multiple F0 Estimation—
Maciej Bartkowiak, Tomasz Zernicki, Poznan
University of Technology, Poznan, Poland

This paper deals with the detection and tracking
of multiple harmonic series. We consider a boot-
strap approach based on prior estimation of F0
candidates and subsequent iterative adjustment
of a harmonic sieve with simultaneous refine-
ment of the F0 and inharmonicity factor. Experi-
ments show that this simple approach is an 
interesting alternative to popular strategies,
where partials are detected without harmonic
constraints, and harmonic series are resolved
from mixed sets afterwards. The most important
advantage is that common problems of
tonal/noise energy confusion in case of uncon-
strained peak detection are avoided. Moreover,
we employ a popular LP-based tracking method
that is generalized to dealing with harmonically
related groups of partials by using a vector inner
product as the prediction error measure. Two 
alternative extensions of the harmonic model are
also proposed in the paper that result in greater
naturalness of the reconstructed audio: an indi-
vidual frequency deviation component and 
a complex narrowband individual amplitude 
envelope.
Convention Paper 7510
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10:00 am

P2-3 Sound Extraction of Delacquered Records—
Ottar Johnsen,1 Frédéric Bapst,1 Lionel 
Seydoux2
1Ecole d’ingenieurs et d’architectes de Fribourg, 
Fribourg, Switzerland 

2Connectis AG, Berne, Switzerand

Most direct cut records are made of an alu-
minum or glass plate with a coated acetate lac-
quer. Such records are often crackled due to the
shrinkage of the coating. It is impossible to read
such records mechanically. We are presenting
here a technique to reconstruct the sound from
such a record by scanning the image of the
record and combining the sound from the differ-
ent parts of the "puzzle." The system has been
tested by extracting sounds from sound archives
in Switzerland and in Austria. The concepts will
be presented as well as the main challenges.
Extracted sound samples will be played.
Convention Paper 7511

10:30 am

P2-4 Parametric Interpolation of Gaps in Audio 
Signals—Alexey Lukin,1 Jeremy Todd2
1Moscow State University, Moscow, Russia 
2iZotope, Inc., Cambridge, MA, USA

The problem of interpolation of gaps in audio
signals is important for the restoration of degrad-
ed recordings. Following the parametric 
approach over a sinusoidal model recently sug-
gested in JAES by Lagrange et al., this paper
proposes an extension to this interpolation algo-
rithm by considering interpolation of a noisy
component in a “sinusoidal + noise” signal mod-
el. Additionally, a new interpolator for sinusoidal
components is presented and evaluated. The
new interpolation algorithm becomes suitable for
a wider range of audio recordings than just inter-
polation of a sinusoidal signal component.
Convention Paper 7512

11:00 am

P2-5 Classification of Musical Genres Using Audio
Waveform Descriptors in MPEG-7—Nermin
Osmanovic, Microsoft Corporation, Seattle, WA,
USA

Automated genre classification makes it possible
to determine the musical genre of an incoming
audio waveform. One application of this is to
help listeners find music they like more quickly
among millions of tracks in an online music
store. By using numerical thresholds and the
MPEG-7 descriptors, a computer can analyze
the audio stream for occurrences of specific
sound events such as kick drum, snare hit, and
guitar strum. The knowledge about sound events
provides a basis for the implementation of a digi-
tal music genre classifier. The classifier inputs a
new audio file, extracts salient features, and
makes a decision about the musical genre
based on the decision rule. The final classifica-
tion results show a recognition rate in the range
75% to 94% for five genres of music.
Convention Paper 7513

11:30 am

P2-6 Loudness Descriptors to Characterize 
Programs and Music Tracks—
Esben Skovenborg,1 Thomas Lund2
1TC Group Research, Risskov, Denmark 
2TC Electronic, Risskov, Denmark

We present a set of key numbers to summarize
loudness properties of an audio segment, broad-
cast program, or music track: the loudness 
descriptors. The computation of these descrip-
tors is based on a measurement of loudness lev-
el, such as specified by the ITU-R BS.1770. Two
fundamental loudness descriptors are intro-
duced: Center of Gravity and Consistency.
These two descriptors were computed for a col-
lection of audio segments from various sources,
media, and formats. This evaluation demon-
strates that the descriptors can robustly charac-
terize essential properties of the segments. We
propose three different applications of the de-
scriptors: for diagnosing potential loudness prob-
lems in ingest material; as a means for perform-
ing a quality check, after processing/editing; or
for use in a delivery specification.
Convention Paper 7514

12:00 noon

P2-7 Methods for Identification of Tuning System
in Audio Musical Signals—Peyman Heydarian,
Lewis Jones, Allan Seago, London Metropolitan
University, London, UK

The tuning system is an important aspect of a
piece. It specifies the scale intervals and is an
indicator of the emotions of a musical file. There
is a direct relationship between musical mode
and the tuning of a piece for modal musical tradi-
tions. So, the tuning system carries valuable 
information, which is worth incorporating into
metadata of a file. In this paper different algo-
rithms for automatic identification of the tuning
system are presented and compared. In the
training process, spectral and chroma average,
and pitch histograms, are used to construct ref-
erence patterns for each class. The same is
done for the testing samples and a similarity
measure like the Manhattan distance classifies a
piece into different tuning classes.
Convention Paper 7515
[Paper 7515 not presented but is available for
purchase]

12:30 pm

P2-8 “Roughometer”: Realtime Roughness 
Calculation and Profiling—Julian Villegas,
Michael Cohen, University of Aizu, 
Aizu-Wakamatsu, Fukushima-ken, Japan

A software tool capable of determining auditory
roughness in real-time is presented. This appli-
cation, based on Pure-Data (PD), calculates the
roughness of audio streams using a spectral
method originally proposed by Vassilakis. The
processing speed is adequate for many real-time
applications and results indicate limited but sig-
nificant agreement with an Internet application of
the chosen model. Finally, the usage of this tool
is illustrated by the computation of a roughness

Technical Program
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profile of a musical composition that can be
compared to its perceived patterns of “tension”
and “relaxation.”
Convention Paper 7516

Workshop 1 Thursday, October 2
9:00 am – 10:45 am Room 133

NEW FRONTIERS IN AUDIO FORENSICS

Chair: Richard Sanders, University of Colorado 
at Denver, Denver, CO, USA

Panelists: Eddy B. Brixen, EBB-consult, Smørum, 
Denmark
Rob Maher, Montana State University, 
Bozeman, MT, USA
Jeffrey Smith
Greg Stutchman

In recent history Audio Forensics has been primarily the
practice of audio enhancement, analog audio authentici-
ty, and speaker identification. Due to the transition to “all
things digital,” new areas of audio forensics are neces-
sarily emerging. Some of these include digital media 
authenticity, audio for digital video, dealing with com-
pressed audio files such as cell phones, portable
recorders and messaging machines. Other new topics 
include the possible use of the variation of the electric net-
work frequency and audio ballistics analysis. Dealing with
the new technologies requires an additional knowledge
base, some of which will be presented in this workshop.

Broadcast Session 1 Thursday, October 2
9:00 am – 10:45 am Room 206

LISTENING TESTS ON EXISTING AND NEW HDTV 
SURROUND CODING SYSTEMS

Chair: Gerhard Stoll, IRT

Presenters: Florian Camerer, ORF
Kimio Hamasaki, NHK Science & Technical 
Reserch Laboratories
Steve Lyman, Dolby
Andrew Mason, BBC R&D
Bosse Ternström, SR

With the advent of HDTV services, the public is increas-
ingly being exposed to surround sound presentations us-
ing so-called home theater environments. However, the
restricted bandwidth available into the home, whether by
broadcast, or via broadband, means that there is an in-
creasing interest in the performance of low bit rate sur-
round sound audio coding systems for “emission” coding.
The European Broadcasting Union Project Group D/MAE
(Multichannel Audio Evaluations) conducted 
immense listening tests to asses the sound quality of
multichannel audio codecs for broadcast applications in
a range from 64 kbit/s to 1.5 Mbit/s. Several laboratories
in Europe have contributed to this work.

This tutorial will provide profound information about
these tests and the results. Further information will be
provided, how the professional industry, i.e. codec pro-
ponents and decoder manufacturers, is taking further
steps to develop new products for multichannel sound in
HDTV.    

Tutorial 1 Thursday, October 2
9:00 am – 10:45 am Room 130

ELECTROACOUSTIC MEASUREMENTS

Presenter: Christopher J. Struck, CJS Labs, San 
Francisco, CA, USA

This tutorial focuses on applications of electroacoustic
measurement methods, instrumentation, and data inter-
pretation as well as practical information on how to 
perform appropriate tests. Linear system analysis and 
alternative measurement methods are examined. The
topic of simulated free field measurements is treated in
detail. Nonlinearity and distortion measurements and
causes are described. Last, a number of advanced tests
are introduced.

This tutorial is intended to enable the participants to
perform accurate audio and electroacoustic tests and
provide them with the necessary tools to understand and
correctly interpret the results.

Student and Career Development Event
OPENING AND STUDENT DELEGATE ASSEMBLY 
MEETING – PART 1
Thursday, October 2, 9:00 am – 10:15 am
Room 131

Chair: Jose Leonardo Pupo

Vice Chair: Teri Grossheim

The first Student Delegate Assembly (SDA) meeting is
the official opening of the convention’s student program
and a great opportunity to meet with fellow students. This
opening meeting of the Student Delegate Assembly will
introduce new events and election proceedings, 
announce candidates for the coming year’s election for
the North/Latin America Regions, announce the finalists
in the recording competition categories, hand out the
judges’ sheets to the nonfinalists, and announce any 
upcoming events of the convention. Students and stu-
dent sections will be given the opportunity to introduce
themselves and their past/upcoming activities. In addi-
tion, candidates for the SDA election will be invited to the
stage to give a brief speech outlining their platform. 

All students and educators are invited and encouraged
to participate in this meeting. Also at this time there will
be the opportunity to sign up for the mentoring sessions,
a popular activity with limited space for participation.
Election results and Recording Competition and Poster
Awards will be given at the Student Delegate Assembly
Meeting–2 on Sunday, October 5 at 11:30 am.

Thursday, October 2 9:00 am Room 220
Technical Committee Meeting Advisory Group on
Regulations

Thursday, October 2 9:00 am Room 232
Standards Committee Meeting SC-04-03 
Loudspeaker Modeling and Measurement

Thursday, October 2 10:00 am Room 220
Technical Committee Meeting on Studio Practices
and Production

Live Sound Seminar 1 Thursday, October 2
10:30 am – 1:00 pm Room 131
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SOUND REINFORCEMENT OF ACOUSTIC MUSIC

Chair: Rick Chinn

Presenters: Jim Brown, Audio Systems Group
Mark Frink
Dan Mortensen, Dansound Inc.
Jim van Bergen

Amplifying acoustic music is a touchy subject, especially
with musicians. It can be done, and it can be done well.
Taste, subtlety, and restraint are the keywords. This live
sound event brings four successful practitioners of the
art  with a discussion of what can make you successful,
and what won't. There is one thing for sure: it's not rock-
n-roll. 

Workshop 2                 Thursday, October 2
11:00 am – 1:00 pm Room 206

ARCHIVING AND PRESERVATION FOR AUDIO
ENGINEERS

Chair: Konrad Strauss

Panelists: Chuck Ainlay
George Massenburg
John Spencer

The art of audio recording is 130 years old. Recordings
from the late 1890s to the present day have been pre-
served thanks to the longevity of analog media, but can
the same be said for today’s digital recordings? Digital
storage technology is transient in nature, making lifespan
and obsolescence a significant concern. Additionally,
digital recordings are usually platform specific; relying on
the existence of unique software and hardware plat-
forms, and the practice of nondestructive recording 
creates a staggering amount of data much of which is 
redundant or unneeded. This workshop will address the
subject of best practices for storage and preservation of
digital audio recordings and outline current thinking and
archiving strategies from the home studio to the large
production facility.

Broadcast Session 2 Thursday, October 2
11:00 am –1:00 pm Room 133

AUDIO AND NON-AUDIO SERVICES 
AND APPLICATIONS FOR DIGITAL RADIO

Chair: David Bialik

Presenters: Robert Bleidt, Fraunhofer USA Digital 
Media Technologies
Toni Fiedler, Dolby Laboratories
David Layer, NAB
Skip Pizzi, Radio World magazine
Geir Skaaden, Neural Audio Corp.
Simon Tuff, BBC
Dave Wilson, CEA

A discussion of different codecs used throughout the
world, USA HD Radio, Eureka, Surround Sound, Electron-
ic Program Guide, Other Data Services, and public adop-
tion. Various implementations of digital radio including
both terrestrial and satellite services throughout the globe.

Tutorial 2 Thursday, October 2
11:00 am – 1:00 pm Room 130

STANDARDS-BASED AUDIO NETWORKS USING
IEEE 802.1 AVB

Presenters: Robert Boatright, Harman 
International, CA, USA
Matthew Xavier Mora, Apple, Cupertino, CA,
USA
Michael Johas Teener, Broadcom Corp., 
Irvine, CA, USA

Recent work by IEEE 802 working groups will allow ven-
dors to build a standards-based network with the 
appropriate quality of service for high quality audio per-
formance and production. This new set of standards, 
developed by the IEEE 802.1 Audio Video Bridging Task
Group, provides three major enhancements for 802-
based networks:

1. Precise timing to support low-jitter media clocks and
accurate synchronization of multiple streams,

2. A simple reservation protocol that allows an end-
point device to notify the various network elements in a
path so that they can reserve the resources necessary to
support a particular stream, and

3. Queuing and forwarding rules that ensure that such
a stream will pass through the network within the delay
specified by the reservation.

These enhancements require no changes to the Ethernet
lower layers and are compatible with all the other func-
tions of a standard Ethernet switch (a device that follows
the IEEE 802.1Q bridge specification). As a result, all of
the rest of the Ethernet ecosystem is available to devel-
opers—in particular, the various high speed physical 
layers (up to 10 gigabit/sec in current standards, even
higher speeds are in development), security features
(encryption and authorization), and advanced manage-
ment (remote testing and configuration) features can be
used. This tutorial will outline the basic protocols and 
capabilities of AVB networks, describe how such a net-
work can be used, and provide some simple demonstra-
tions of network operation (including a live comparison
with a legacy Ethernet network).

Thursday, October 2 11:00 am Room 220
Technical Committee Meeting on Transmission and
Broadcasting

Thursday, October 2 11:00 am Room 232
Standards Committee Meeting SC-04-01 Acoustics
and Sound Source Modeling

Special Event
AWARDS PRESENTATION AND KEYNOTE ADDRESS
Thursday, October 2, 1:00 pm – 2:30 pm
Room 134

Opening Remarks: 
• Executive Director Roger Furness
• President Bob Moses
• Convention Cochairs John Strawn, Valerie Tyler

Program: 
• AES Awards Presentation
• Introduction of Keynote Speaker
• Keynote Address by Chris Stone

Awards Presentation
Please join us as the AES presents special awards to
those who have made outstanding contributions to the

Technical Program
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Society in such areas of research, scholarship, and pub-
lications, as well as other accomplishments that have
contributed to the enhancement of our industry. The
awardees are:

Gold Medal Award: 
• George Massenburg

Distinguished Service Medal Award: 
• Jay McKnight

Silver Medal Award: 
• Keith Johnson

Fellowship Award: 
• Jonathan Abel
• Angelo Farina
• Rob Maher
• Peter Mapp
• Christoph Musialik
• Neil Shaw
• Julius Smith
• Gerald Stanley
• Alexander Voishvillo
• William Whitlock

Board of Governors Award:
• Jim Anderson 
• Peter Swarte

Publications Award: 
• Roger S. Grinnip III

Keynote Speaker

Record Plant co-founder Chris Stone will explore new
trends and opportunities in the music industry and what it
takes to succeed in today's environment, including how
to utilize networking and free services to reduce risk
when starting a new small business. Speaking from his
strengths as a business/marketing entrepreneur, Stone
will focus on the artist’s need to develop a sophisticated
approach to operating their own business and also how
traditional engineers can remain relevant and play a
meaningful role in the ongoing evolution of the recording
industry.

Stone’s keynote address is entitled: The Artist Owns
the Industry.

Thursday, October 2 1:00 pm Room 232
Standards Committee Meeting SC-05-05 Grounding
and EMC Practices

Session P3 Thursday, October 2
2:30 pm – 4:30 pm Room 222

AUDIO FOR BROADCASTING

Chair: Marshall Buck, Psychotechnology, Inc., Los 
Angeles, CA, USA

2:30 pm

P3-1 Graceful Degradation for Digital Radio 
Mondiale (DRM)—Ferenc Kraemer, Gerald
Schuller, Fraunhofer Institute for Digital Media
Technology, Ilmenau, 
Germany

A method is proposed that is able to maintain an
adequate transmission quality of broadcasting
programs over channels strongly impaired by
fading. Although attempts of providing Graceful
Degradation are manifold, the so called “brick
wall effect” is inherent in most digital broadcast-
ing systems. The main concept of the proposed

method focuses on the open standard Digital
Radio Mondiale (DRM). Our approach is to intro-
duce an additional low bit rate parallel backup
audio stream alongside the main radio stream.
This backup stream bridges occurring dropouts
in the main stream. Two versions are evaluated.
One uses the standardized HVXC speech codec
for encoding the parallel backup audio stream.
The other version additionally uses a specially
developed sinusoidal music codec.
Convention Paper 7517
[Paper presented by Gerald Schuller]

3:00 pm

P3-2 Factors Affecting Perception of Audio-Video
Synchronization in Television—Andrew 
Mason, Richard Salmon, British Broadcasting
Corporation, Tadworth, Surrey, UK

The increasing complexity of television broad-
casting, has, over the decades, resulted in an 
increased variety of ways in which audio and
video can be presented to the audience after 
experiencing different delays. This paper 
explores the factors that affect whether what is
presented to the audience will appear to be cor-
rect. Experimental results of a study of the effect
of video spatial resolution are included. Several
international organizations are working to solve
technical difficulties that result in incorrect syn-
chronization of audio and video. A summary of
their activities is included. The Audio Engineer-
ing Society Standards Committee has a project
to standardize an objective measurement
method, and a test signal and prototype mea-
surement apparatus contributed to the project
are described.
Convention Paper 7518

3:30 pm

P3-3 Absolute Threshold of Coherence Position
Perception between Auditory and Visual
Sources for Dialogs—Roberto Munoz,1
Manuel Recuero,2 Diego Duran,1
Manuel Gazzo1
1U. Tecnológica de Chile INACAP, Santiago, 
Chile 

2Universidad Politécnica de Madrid, Madrid, 
Spain

Under certain conditions, auditory and visual 
information are integrated into a single unified
perception, even when they originate from differ-
ent locations in space. The main motivation for
this study was to find the absolute perception
threshold of position coherence between sound
and image, when moving the image across the
screen and when panning the sound. In this
manner it is possible to subjectively quantify, by
means of the constant stimulus psychophysical
method, the maximum difference of position 
between sound and image considered coherent
by a viewer of audio-visual productions. This pa-
per discusses the accuracy necessary to match
the position of the sound and its image on 
the screen. The results of this study could be
used to develop sound mixing criteria for 
audio-visual productions.
Convention Paper 7519
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4:00 pm

P3-4 Clandestine Wireless Development During
WWII —Jon Paul, Scientific Conversion, Inc.,
Crypto-Museum, CA, USA

We describe the many advances in spy radios
during and after WWII, starting with the huge
suitcase B2 suitcase transceiver, through sever-
al stages of miniaturization and eventually down
to small modules a few inches in size just after
the War. A top secret navigation set known as
the S-Phone, provided navigation and full duplex
voice communications at 380 MHz between
clandestine agents, partisans, ships, and planes.
The surprising sophistication and fast progress
will be illustrated with many photographs and
schematics from the collection of the Crypto-
Museum. This multimedia presentation includes
vintage era music and radio clips as well as orig-
inal WWII propaganda graphics.
Convention Paper 7520

Session P4 Thursday, October 2
2:30 pm – 4:30 pm Room 236

ACOUSTIC MODELING AND SIMULATION

Chair: Scott Norcross, Communications Research 
Centre, Ottawa, Ontario, Canada

2:30 pm

P4-1 Application of Multichannel Impulse 
Response Measurement to Automotive 
Audio—Michael Strauß,1,2 Diemer de Vries2
1Fraunhofer Institute for Digital Media 
Technology, Ilmenau, Germany

2Technical University of Delft, Delft, 
The Netherlands

Audio reproduction in small enclosures holds a
couple of differences in comparison to conven-
tional room acoustics. Today’s car audio sys-
tems meet sophisticated expectations but still
the automotive listening environment delivers
critical acoustic properties. During the design of
such an audio system it is helpful to gain insight
into the temporal and spatial distribution of the
acoustic f ield's properties. Because room
acoustic modeling software reaches its limits the
use of acoustic imaging methods can be seen as
a promising approach. This paper describes the
application of wave field analysis based on a
multichannel impulse response measurement in
an automotive use case. Besides a suitable
preparation of the theoretical aspects, the analy-
sis method is used to investigate the acoustic
wave field inside a car cabin.
Convention Paper 7521

3:00 pm

P4-2 Multichannel Low Frequency Room 
Simulation with Properly Modeled Source
Terms—Multiple Equalization Comparison—
Ryan J. Matheson, University of Waterloo, 
Waterloo, Ontario, Canada

At low frequencies unwanted room resonances
in regular-sized rectangular listening rooms

cause problems. Various methods for reducing
these resonances are available including some
multichannel methods. Thus with introduction of
setups like 5.1 surround into home theater sys-
tems there are now more options available to
perform active resonance control using the exist-
ing loudspeaker array. We focus primarily on
comparing, separately, each step of loudspeaker
placement and its effects on the response in the
room as well as the effect of adding additional
symmetrically placed loudspeakers in the rear to
cancel out any additional room resonances. The
comparison is done by use of a Finite Difference
Time Domain (FDTD) simulator with focus on
properly modeling a source in the simulation. A
discussion about the ability of a standard 5.1
setup to utilize a multichannel equalization tech-
nique (without adding additional loudspeakers to
the setup) and a modal equalization technique is
later discussed.
Convention Paper 7522

3:30 pm

P4-3 A Super-Wide-Range Microphone with 
Cardioid Directivity—Kazuho Ono,1 Takehiro
Sugimoto,1 Akio Ando,1 Tomohiro Nomura,2
Yutaka Chiba,2 Keishi Imanaga2
1NHK Science and Technical Research 
Laboratories, Tokyo, Japan 

2Sanken Microphone Co. Ltd., Japan

This paper describes a super-wide-range micro-
phone with cardioid directivity, which covers the
frequency range up to 100 kHz. The authors
have successfully developed the omni-direction-
al microphone capable of picking up sounds of
up to 100 kHz with low noise. The proposed 
microphone uses an omni-directional capsule
adopted in the omni-directional super-wide-
range microphone and a bi-directional capsule
that is newly designed to fit the characteristics of
the omni-directional one. The output signals of
both capsules are synthesized as the output sig-
nals to achieve cardioid directivity. The mea-
surement results show that the proposed micro-
phone achieves wide frequency range up to 100
kHz, as well as low noise characteristics and 
excellent cardioid directivity.
Convention Paper 7523

4:00 pm

P4-4 Methods and Limitations of Line Source 
Simulation—Stefan Feistel,1 Ambrose 
Thompson,2 Wolfgang Ahnert1
1Ahnert Feistel Media Group, Berlin, Germany
2Martin Audio, High Wycombe, Bucks, UK 

Although line array systems are in widespread
use today, investigations of the requirements
and methods for accurate modeling of line
sources are scarce. In previous publications the
concept of the Generic Loudspeaker Library
(GLL) was introduced. We show that on the 
basis of directional elementary sources with
complex directivity data finite line sources can
be simulated in a simple, general, and precise
manner. We derive measurement requirements
and discuss the limitations of this model. Addi-
tionally, we present a second step of refinement,
namely the use of different directivity data for

Technical Program



Audio Engineering Society 125th Convention Program, 2008 Fall 9

cabinets of identical type based on their position
in the array. All models are validated by mea-
surements. We compare the approach present-
ed with other proposed solutions.
Convention Paper 7524

Workshop 3                 Thursday, October 2
2:30 pm – 4:00 pm Room 206

ANALYZING, RECOMMENDING, AND SEARCHING
AUDIO CONTENT—COMMERCIAL APPLICATIONS
OF MUSIC INFORMATION RETRIEVAL

Chair: Jay LeBoeuf, Imagine Research

Panelists: Markus Cremer, Gracenote
Matthias Gruhne, Fraunhofer Institute for 
Digital Media Technology
Tristan Jehan, The Echo Nest
Keyvan Mohajer, Melodis Corporation

This workshop will focus on the cutting-edge applications
of music information retrieval technology (MIR). MIR is a
key technology behind music startups recently featured
in Wired and Popular Science. Online music consump-
tion is dramatically enhanced by automatic music recom-
mendation, customized playlisting, song identification via
cell phone, and rich metadata / digital fingerprinting tech-
nologies. Emerging startups offer intelligent music rec-
ommender systems, lookup of songs via humming the
melody, and searching through large archives of audio.
Recording and music software now offer powerful new
features, leveraging MIR techniques. What’s out there
and where is this all going? This workshop will inform
AES members of the practical developments and excit-
ing opportunities within MIR, particularly with the rich
combination of commercial work in this area. Panelists
will include industry thought-leaders: a blend of estab-
lished commercial companies and emerging start-ups. 

Broadcast Session 3 Thursday, October 2
2:30 pm – 4:30 pm Room 133

CONSIDERATIONS FOR FACILITY DESIGN

Chair: Paul McLane, Radio World

Panelists: William Hallisky, Meridian Design
John Storyk, Walters Storyk

A roundtable chat with design experts Sam Berkow,
John Storyk, and Bice Wilson. We’ve modified the format
of this popular session further to allow attendees to hear
from several of today’s top facility designers in a more
relaxed and less hurried format.

What makes for an exceptional facility? What are the
top pitfalls of facility design? Bring your cup of coffee and
share in the conversation as Radio World U.S. Editor in
Chief Paul McLane talks with Sam Berkow of SIA
Acoustics, John Storyk of Walters-Storyk Design Group,
and Bice C. Wilson of Meridian Design Associates, 
Architects, to learn what leaders in radio/television
broadcast and production studios are doing today in 
architectural, acoustic, and facility design.

How are the demands of today’s multi-platform broad-
casters changing design of facilities? How do streaming,
video for radio and new media affect the process? What
does it really mean to say a facility is “green”? How

should broadcasters handle cross-training? What are the
most common pitfalls broadcasters should avoid in 
designing and budgeting for a facility? What key deci-
sions must you make today to ensure that your fabulous
new facility will still be doing the job in 10 or 20 years?

Tutorial 3 Thursday, October 2
2:30 pm – 4:30 pm Room 130

BROADBAND NOISE REDUCTION: 
THEORY AND APPLICATIONS

Presenters: Alexey Lukin, iZotope, Inc., Boston, 
MA, USA
Jeremy Todd, iZotope, Inc., Boston, MA, USA

Broadband noise reduction (BNR) is a common tech-
nique for attenuating background noise in audio record-
ings. Implementations of BNR have steadily improved
over the past several decades, but the majority of them
share the same basic principles. This tutorial discusses
various techniques used in the signal processing theory
behind BNR. This will include earlier methods of imple-
mentation such as broadband and multiband gates and
compander-based systems for tape recording. In addition
to explanation of the early methods used in the initial 
implementation of BNR, greater emphasis and discus-
sion will be focused toward recent advances in more
modern techniques such as spectral subtraction. These
include multi-resolution processing, psychoacoustic mod-
els, and the separation of noise into tonal and broadband
parts. We will compare examples of each technique for
their effectiveness on several types of audio recordings.

Live Sound Seminar 2 Thursday, October 2
2:30 pm – 4:30 pm Room 131

THE SOTA OF DESIGNING LOUDSPEAKERS 
FOR LIVE SOUND

Chair: Tom Young, Electroacoustic Design 
Services

Panelists: Tom Danley, Danley Sound Labs
Ales Dravinec, ADRaudio
Dave Gunness, Fulcrum Acoustic
Charlie Hughes, Excelsior Audio Design
Pete Soper, Meyer Sound

The loudspeakers we employ today for live sound (all
levels, all types) are vastly improved over what we had
on hand when R&R first exploded and pushed the limits
of what was available back in the 1960s. Following a
brief glimpse back in time (to provide a reality check on
where we were when many of us started in this field) we
will define where we are now. Along with advances made
in enclosure design and fabrication, horn design, driver
design, system engineering and fabrication, ergonomics
and rigging, etc., we now are implementing various
methods to improve the overall performance of the dri-
vers and the loudspeaker systems we use, not to men-
tion the advanced methods employed to optimize large
systems, improve directivity, beam-steer, etc.

Much of this advancement, at least over the past 15
years or so, is directly related to our use of computers as
a design tool for modeling, for complex measurements
(both in the lab and in the field) as well as DSP for imple-
menting various processing and monitoring functions.
We will clarify what we can do with modern day loud-
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speakers/systems and where we still need to push fur-
ther. We may even get our panelists to imagine where
they believe we may be headed over the next 5–10
years.

Student and Career Development Event
ONE ON ONE MENTORING SESSION, PART 1
Thursday, October 2, 2:30 pm – 4:30 pm
TBA at Student Delegate Assembly Meeting

Students are invited to sign-up for an individual meeting
with a distinguished mentor from the audio industry. The
opportunity to sign up will be given at the end of the
opening SDA meeting. Any remaining open spots will be
posted in the student area. All students are encouraged
to participate in this exciting and rewarding opportunity
for individual discussion with industry mentors.

Thursday, October 2 2:30 pm Room 220
Technical Committee Meeting on Signal Processing

Historical Event
EVOLUTION OF VIDEO GAME SOUND
Thursday, October 2, 3:00 pm – 5:00 pm
Room 134

Moderator: John Griffin, Marketing Director, Games, 
Dolby Laboratories, USA

Panelists: Simon Ashby, Product Director, Audiokinetic, 
Canada
Will Davis, Audio Lead, Electronic Arts/ 
Pandemic Studios, USA
Charles Deenen, Sr. Audio Director, 
Electronic Arts Black Box, Canada
Tom Hays, Director, Technicolor Interactive 
Services, USA

From the discrete-logic build of Pong to the multi-core
processors of modern consoles, video game audio has
made giant strides in complexity to a heightened level of
immersion and user interactivity. Since its modest begin-
nings of monophonic bleeps to the high-resolution multi-
channel orchestrations and point-of-view audio panning,
audio professionals have creatively stretched the 
envelopes of audio production techniques, as well as the
game engine capabilities.

The panel of distinguished video game audio profes-
sionals will discuss audio production challenges of land-
mark game platforms, techniques used to maximize the
video game audio experience, the dynamics leading to
the modern video game soundtracks, and where the
video game audio experience is heading.

This event has been organized by Gene Radzik, AES
Historical Committee Co-Chair.

Thursday, October 2 3:00 pm Room 232
Standards Committee Meeting SC-05-02 Audio 
Connectors

Thursday, October 2 3:30 pm Room 220
Technical Committee Meeting on Electro Magnetic
Compatibility

Student and Career Development Event
LISTENING SESSION 
Thursday, October 2, 4:00 pm – 5:00 pm
Room 125

Students are encouraged to bring in their projects to a
non competitive listening session for feedback and com-
ments from Dave Greenspan, a panel, and audience.
Students will be able to sign up at the first SDA meeting
for time slots. Students who are finalists in the Recording
competition are excluded from this event to allow others
who were not finalists the opportunity for feedback.

Broadcast Session 4 Thursday, October 2
4:30 pm – 6:30 pm Room 206

MOBILE/HANDHELD BROADCASTING: 
DEVELOPING A NEW MEDIUM

Chair: Jim Kutzner, Public Broadcasting Service

Panelists: Mark Aitken, Sinclair Broadcast Group
Sterling Davis, Cox Broadcasting
Brett Jenkins, Ion Media Networks
Dakx Turcotte, Neural Audio Corp.

The broadcasting industry, the broadcast and consumer
equipment vendors, and the Advanced Television Sys-
tems Committee have been vigorously moving forward
toward the development of a Mobile/Handheld DTV
broadcast standard and its practical implementation. In
order to bring this new service to the public players from
various industry segments have come together in an 
unprecedented fashion. In this session key leaders in
this activity will present what the emerging system 
includes, how far the industry has progressed, and
what’s left to be done.

Thursday, October 2 4:30 pm Room 220
Technical Committee Meeting on Multichannel and
Binaural Audio Technologies

Workshop 4 Thursday, October 2
5:00 pm – 6:45 pm Room 222

HOW TO AVOID CRITICAL DATA LOSS AFTER 
CATASTROPHIC SYSTEM FAILURE

Chair: Chris Bross, DriveSavers, Inc.

Natural disaster, drive failure, human error, and cyber-re-
lated crime or corruption can threaten business continu-
ity and a studio’s long-term survival if their data storage
devices are compromised. Back up systems and disaster
recovery plans can help the studio survive a system
crash, but precautionary measures should also be taken
to prevent catastrophic data loss should back-up mea-
sures fail or be incomplete.

A senior data recovery engineer will review the most
common causes of drive failure, demonstrate the conse-
quences of improper diagnosis and mishandling of the
device, and provide appropriate action steps you can take
for each type of data loss. Learn how to avoid further 
media damage or permanent data loss after the crash
and optimize the chance for a complete data recovery.

Workshop 5 Thursday, October 2
5:00 pm – 6:45 pm Room 133

ENGINEERING MISTAKES WE HAVE MADE IN AUDIO

Chair: Peter Eastty, Oxford Digital Limited, UK

Technical Program
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Panelists: Robert Bristow-Johnson, Audio Imagination
James D. (JJ) Johnston, Neural Audio Corp.
Mel Lambert, Media & Marketing
George Massenburg, Massenburg Design 
Works
Jim McTigue, Impulsive Audio

Six leading audio product developers will share the 
enlightening, thought-provoking, and (in retrospect)
amusing lessons they have learned from actual mistakes
they have made in the product development trenches.

Master Class 1 Thursday, October 2
5:00 pm – 6:45 pm Room 130

BASIC ACOUSTICS: 
UNDERSTANDING THE LOUDSPEAKER

Presenter: John Vanderkooy, University of Waterloo, 
Waterloo, Ontario, Canada

This presentation is for AES members at an intermediate
level and introduces many concepts in acoustics. The
basic propagation of sound waves in air for both plane
and spherical waves is developed and applied to the op-
eration of a simple, sealed-box loudspeaker. Topics such
as the acoustic impedance, compact source operation,
and diffraction are included. Some live demonstrations
with a simple loudspeaker; microphone and measuring
computer are used to illustrate the basic radiation princi-
ple of a typical electrodynamic driver mounted in a
sealed box.

Live Sound Seminar 3 Thursday, October 2
5:00 pm – 6:45 pm Room 131

AC POWER AND GROUNDING

Chair: Bruce C. Olson, Olson Sound Design, 
Minneapolis, MN

Panelists: David Stevens
Bill Whitlock, Jensen Transformers, 
Chatsworth, CA, USA

How do you kill the hum without killing yourself? This
panel will discuss how to provide AC power properly,
avoid hum and not kill the performers, technicians or
yourself. A lot of the advice out there isn’t just wrong, it is
potential fatal. However, being safe is easy.  The only
question is, why doesn’t everyone know this!  We will
also discuss the use of generator sets, the myths and
facts about grounding, and typical configurations.

Thursday, October 2 5:00 pm Room 232
Standards Committee Meeting SC-02-08 Audio-File
Transfer and Exchange

Thursday, October 2 5:30 pm Room 220
Technical Committee Meeting on Automotive Audio

Special Event
MIXER PARTY
Thursday, October 2, 6:30 pm – 7:30 pm
Concourse

A mixer party will be held on Thursday evening to enable
convention attendees to meet in a social atmosphere after
the opening day’s activities to catch up with friends and
colleagues from the industry. There will be a cash bar.

Session P5 Friday, October 3
9:00 am - 11:30 am Room 222

AUDIO EQUIPMENT AND MEASUREMENTS

Chair: John Vanderkooy, University of Waterloo, 
Waterloo, Ontario, Canada

9:00 am 

P5-1 Can One Perform Quasi-Anechoic Loud-
speaker Measurements in Normal Rooms?—
John Vanderkooy, Stanley Lipshitz, University 
of Waterloo, Waterloo, Ontario, Canada

This paper is an analysis of two methods that 
attempt to achieve high resolution frequency 
responses at low frequencies from measure-
ments made in normal rooms. Such data is cont-
aminated by reflections before the low-frequency
impulse response of the system has fully 
decayed. By modifying the responses to decay
more rapidly, then windowing a reflection-free
portion, and finally recovering the full response
by deconvolution, these quasi-anechoic methods
purport to thwart the usual reciprocal uncertainty
relationship between measurement duration and
frequency resolution. One method works by
equalizing the response down to dc, the other by
increasing the effective highpass corner frequen-
cy of the system. Each method is studied with
simulations, and both appear to work to varying 
degrees, but we question whether they are mea-
surements or effectively simply model exten-
sions. In practice noise significantly degrades
both procedures.
Convention Paper 7525

9:30 am

P5-2 Automatic Verification of Large Sound 
Reinforcement Systems Using Models 
of Loudspeaker Performance Data—Klas 
Dalbjörn, Johan Berg, Lab.gruppen AB, 
Kungsbacka, Sweden

A method is described to automatically verify 
individual loudspeaker integrity and confirm the
proper configuration of amplifier-loudspeaker
connections in sound reinforcement systems.
Using impedance-sensing technology in con-
junction with software-based loudspeaker perfor-
mance modeling, the procedure verifies that the
load presented at each amplifier output corre-
sponds to impedance characteristics as 
described in the DSP system’s currently loaded
model. Accurate verification requires use of load
impedance models created by iterative testing of
numerous loudspeakers.
Convention Paper 7526

10:00 am

P5-3 Bend Radius—Stephen Lampen, Carl Dole, 
Shulamite Wan, Belden, San Francisco, CA,
USA

Designers, installers, and system integrators,
have many rules and guidelines to follow. Most
of these are intended to maximize cable and
equipment performance. Many of these are
“rules-of-thumb,” simple guidelines, easy to 
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remember, and often just as easily broken. One
of these is the “rule-of-thumb” regarding the
bending of cable, especially coaxial cable. Many
may have heard the term “No tighter than ten
times the diameter.” While this can be helpful, in
a general way, there is a deeper and more com-
plex question. What happens when you do bend
cable? What if you have no choice? Often a spe-
cific choice of rack or configuration of equipment
requires that cables be bent tighter than that rec-
ommendation. And what happens if you 
“unbend” a cable that has been damaged? Does
it stay damaged or can it be restored? This 
paper outlines a series of laboratory tests to 
determine exactly what happens when cable is
bent and what the reaction is. Further, we will
analyze the effect of bending on cable perfor-
mance, specif ically looking at impedance 
variations and return loss (signal reflection). For
high-definition video signals (HD-SDI) return loss
is the key to maximum cable length, bit errors,
and open eye patterns. So analyzing the effect-
ing of bending will allow us to determine signal
quality based on the bending of an individual 
cable. But does this apply to digital audio 
cables? Does the relatively low frequencies of
AES digital signals make a difference? Can
these cables be bent with less effect on perfor-
mance? These tests were repeated on both
coaxial cable of different sizes and twisted pairs.
Flexible coax cables were tested, as well as the
standard solid-core installation versions. Paired
cables consisted of AES digital audio shielded
cables, both install and flexible versions, were
also tested.
Convention Paper 7527

10:30 am

P5-4 Detecting Changes in Audio Signals by 
Digital Differencing—Bill Waslo, Liberty 
Instruments Inc., Liberty Township, OH, USA

A software application has been developed to
provide an accessible method, based on signal
subtraction, to determine whether or not an 
audio signal may have been perceptibly
changed by passing through components, 
cables, or similar processes or treatments. The
goals of the program, the capabilities required of
it, its effectiveness, and the algorithms it uses
are described. The program is made freely avail-
able to any interested users for use in such
tests.
Convention Paper 7528

11:00 am

P5-5 Research on a Measuring Method of 
Headphones and Earphones Using HATS—
Kiyofumi Inanaga,1 Takeshi Hara,1 Gunnar 
Rasmussen,2 Yasuhiro Riko3
1Sony Corporation, Tokyo, Japan
2G.R.A.S. Sound & Vibration A/S, Copenhagen, 
Denmark

3Riko Associates, Tokyo, Japan

Currently various types of couplers are used for
measurement of headphones and earphones.
The coupler was selected according to the de-
vice under test by the measurer. Accordingly it
was difficult to compare the characteristics of

headphones and earphones. A measuring
method was proposed using HATS and a simu-
lated program signal. However, the method had
some problems in the shape of ear hole, and the
measured results were not reproducible. We
tried to improve the reproducibility of the mea-
surement using several pinna models. As a 
result, we achieved a measuring platform using
HATS, which gives good reproducibility of mea-
sured results for various types of headphones
and earphones and then makes it possible to
compare the measured results fairly.
Convention Paper 7529

Session P6 Friday, October 3
9:00 am –  1:00 pm Room 236

LOUDSPEAKER DESIGN

Chair: Alexander Voishvillo, JBL Professional, 
Northridge, CA, USA

9:00 am

P6-1 Loudspeaker Production Variance—Steven
Hutt,1 Laurie Fincham2
1Equity Sound Investments, Bloomington, IN, USA
2THX Ltd., San Rafael, CA, USA

Numerous quality assurance philosophies have
evolved over the last few decades designed to
manage manufacturing quality. Managing quality
control of production loudspeakers is particularly
challenging. Variation of subcomponents and 
assembly processes across loudspeaker driver
production batches may lead to excessive varia-
t ion of sensit ivity, bandwidth, frequency 
response, and distortion characteristics, etc. As
loudspeaker drivers are integrated into produc-
tion audio systems these variants result in broad
performance permutation from system to system
that affects all aspects of acoustic balance and
spatial attributes. This paper will discuss tradi-
tional electro-dynamic loudspeaker production
variation.
Convention Paper 7530

9:30 am

P6-2 Distributed Mechanical Parameters 
Describing Vibration and Sound Radiation 
of Loudspeaker Drive Units—Wolfgang 
Klippel,1 Joachim Schlechter2
1University of Technology Dresden, Dresden,
Germany 
2KLIPPEL GmbH, Dresden, Germany

The mechanical vibration of loudspeaker drive
units is described by a set of linear transfer func-
tions and geometrical data that are measured at
selected points on the surface of the radiator
(cone, dome, diaphragm, piston, panel) by using
a scanning technique. These distributed para-
meters supplement the lumped parameters (T/S,
nonlinear, thermal), simplify the communication
between cone, driver, and loudspeaker system
design and open new ways for loudspeaker 
diagnostics. The distributed vibration can be
summarized to a new quantity called accumulat-
ed acceleration level (AAL), which is comparable
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with the sound pressure level (SPL) if no
acoustical cancellation occurs. This and other
derived parameters are the basis for modal
analysis and novel decomposition techniques
that make the relationship between mechanical
vibration and sound pressure output more trans-
parent. Practical problems and indications for
practical improvements are discussed for vari-
ous example drivers. Finally, the usage of the
distributed parameters within finite and boundary
element analyses is addressed and conclusions
for the loudspeaker design process are made.
Convention Paper 7531

10:00 am

P6-3 A New Methodology for the Acoustic Design
of Compression Driver Phase-Plugs with 
Radial Channels—Mark Dodd,1,2 Jack 
Oclee-Brown2,3
1Celestion International Ltd., Ipswich, UK
2GP Acoustics (UK) Ltd., Maidstone, UK
3University of Southampton, Southampton, UK

Recent work by the authors describes an 
improved methodology for the design of annular-
channel, dome compression drivers. Although
not so popular, radial channel phase plugs are
used in some commercial designs. While there
has been some limited investigation into the 
behavior of this kind of compression driver, the
literature is much more extensive for annular
types. In particular, the modern approach to
compression driver design, based on a modal
description of the compression cavity, as first pi-
oneered by Smith, has no equivalent for radial
designs. In this paper we first consider if a simi-
lar approach is relevant to radial-channel phase
plug designs. The acoustical behavior of a radi-
al-channel compression driver is analytically 
examined in order to derive a geometric condi-
tion that ensures minimal excitation of the com-
pression cavity modes.
Convention Paper 7532

10:30 am

P6-4 Mechanical Properties of Ferrofluids in 
Loudspeakers—Guy Lemarquand, Romain
Ravaud, Valerie Lemarquand, Claude Depollier,
Laboratoire d’Acoustique de l’Université du
Maine, Le Mans, France

This paper describes the properties of ferrofluid
seals in ironless electrodynamic loudspeakers.
The motor consists of several outer stacked ring
permanent magnets. The inner moving part is a
piston. In addition, two ferrofluid seals are used
that replace the classic suspension. 
Indeed, these seals fulfill several functions. First,
they ensure the airtightness between the loud-
speaker faces. Second, they act as bearings and
center the moving part. Finally, the ferrofluid
seals also exert a pull back force on the moving
piston. Both radial and axial forces exerted on
the piston are calculated thanks to analytical for-
mulations. Furthermore, the shape of the seal is
discussed as well as the optimal quantity of fer-
rofluid. The seal capacity is also calculated.
Convention Paper 7533

11:00 am

P6-5 An Ironless Low Frequency Subwoofer 
Functioning under its Resonance Frequency
—Benoit Merit,1,2 Guy Lemarquand,1 Bernard
Nemoff2
1Université du Maine, Le Mans, France
2Orkidia Audio, Saint Jean de Luz, France

A low frequency loudspeaker (10 Hz to 100 Hz)
is described. Its structure is totally ironless in 
order to avoid nonlinear effects due to the pres-
ence of iron. The large diaphragm and the high
force factor of the loudspeaker lead to its high
efficiency. Efforts have been made for reducing
the nonlinearities of the loudspeaker for a more
accurate sound reproduction. In particular we
have developed a motor totally made of perma-
nent magnets, which create a uniform induction
across the entire intended displacement of the
coil. The motor linearity and the high force factor
of this flat loudspeaker make it possible to func-
tion under its resonance frequency with great 
accuracy.
Convention Paper 7534

11:30 am

P6-6 Line Arrays with Controllable Directional 
Characteristics—Theory and Practice—Laurie
Fincham, Peter Brown, THX Ltd., San Rafael,
CA, USA

A so-called arc line array is capable of providing
directivity control. Applying simple amplitude
shading can, in theory, provide good off-axis
lobe suppression and constant directivity over a
frequency range determined at low-frequencies
by line length and at high-frequencies by driver
spacing. Array transducer design presents addi-
tional challenges–the dual requirements of close
spacing, for accurate high-frequency control,
and a large effective radiating area, for good
bass output, are incompatible with the use of
multiple full-range drivers. A novel drive unit lay-
out is proposed and theoretical and practical 
design criteria are presented for a two-way line
with controllable directivity and virtual elimination
of spatial aliasing. The PC-based array controller
permits real-time changes in beam parameters
for multiple overlaid beams.
Convention Paper 7535

12:00 noon

P6-7 Loudspeaker Directivity Improvement 
Using Low Pass and All Pass Filters—
Charles Hughes, Excelsior Audio Design & 
Services, LLC, Gastonia, NC, USA

The response of loudspeaker systems employ-
ing multiple drivers within the same pass band is
often less than ideal. This is due to the physical
separation of the drivers and their lack of proper
acoustical coupling within the higher frequency
region of their use. The resultant comb filtering is
sometimes addressed by applying a low pass fil-
ter to one or more of the drivers within the pass
band. This can cause asymmetries in the direc-
tivity response of the loudspeaker system. A
method is presented to greatly minimize these
asymmetries through the use of low pass and
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all pass filters. This method is also applicable as
a means to extend the directivity control of a
loudspeaker system to lower frequencies.
Convention Paper 7536

12:30 pm

P6-8 On the Necessary Delay for the Design of
Causal and Stable Recursive Inverse Filters
for Loudspeaker Equalization—Avelino 
Marques, Diamantino Freitas, Polytechnic 
Institute of Porto, Porto, Portugal

The authors have developed and applied a novel 
approach to the equalization of non-minimum
phase loudspeaker systems, based on the 
design of Infinite Impulse Response (recursive)
inverse filters. In this paper the results and 
improvements attained on this novel IIR filter 
design method are presented. Special attention
has been given to the delay of the equalized
system. The boundaries to be posed on the
search space of the delay for a causal and sta-
ble inverse filter, to be used in the nonlinear
least squares minimization routine, are studied,
identified, and related with the phase response
of a test system and with the order of the inverse
filter. Finally, these observations and relations
are extended and applied to multi-way loud-
speaker systems, demonstrating the connection
of the lower and upper bounds of the delay with
the loudspeaker’s crossover f i l ters phase 
response and inverse filter order.
Convention Paper 7537

Session P7 Friday, October 3
9:00 am – 10:30 am Outside Room 238

POSTERS: AUDIO CONTENT MANAGEMENT

9:00 am

P7-1 A Piano Sound Database for Testing 
Automatic Transcription Methods—Luis 
Ortiz-Berenguer, Elena Blanco-Martin, Alberto
Alvarez-Fernandez, Jose A. Blas-Moncalvillo,
Francisco J. Casajus-Quiros, Universidad 
Politecnica de Madrid, Madrid, Spain

A piano sound database, called PianoUPM, is
presented. It is intended to help the researching
community in developing and testing transcrip-
tion methods. A practical database needs to
contain notes and chords played through the full
piano range, and it needs to be recorded from
acoustic pianos rather than synthesized ones.
The presented piano sound database includes
the recording of thirteen pianos from different
manufacturers. There are both upright and grand
pianos. The recordings include the eighty-eight
notes and eight different chords played both in
legato and staccato styles. It also includes some
notes of every octave played with four different
forces to analyze the nonlinear behavior. This
work has been supported by the Spanish Nation-
al Project TEC2006-13067-C03-01/TCM.
Convention Paper 7538

9:00 am

P7-2 Measurements of Spaciousness for 
Stereophonic Music—Andy Sarroff, 
Juan P. Bello, New York University, New York,
NY, USA

The spaciousness of pre-recorded stereophonic
music, or how large and immersive the virtual
space of it is perceived to be, is an important
feature of a produced recording. Quantitative
models of spaciousness as a function of a
recording’s (1) wideness of source panning and
of a recording’s (2) amount of overall reverbera-
tion are proposed. The models are independent-
ly evaluated in two controlled experiments. In
one, the panning widths of a distribution of
sources with varying degrees of panning are 
estimated; in the other, the extent of reverbera-
tion for controlled mixtures of sources with vary-
ing degrees of reverberation are estimated. The
models are shown to be valid in a controlled 
experimental framework.
Convention Paper 7539

9:00 am

P7-3 Music Annotation and Retrieval System 
Using Anti-Models—Zhi-Sheng Chen, Jia-Min
Zen, Jyh-Shing Roger Jang, National Tsing Hua
University, Taiwan

Query-by-semantic-description (QBSD) is a nat-
ural way for searching/annotating music in a
large database. We propose such a system by
considering anti-words for each annotation word
based on the concept of supervised multi-class
labeling (SML). Moreover, words that are highly
correlated with the anti-semantic meaning of a
word constitute its anti-word set. By modeling
both a word and its anti-word set, our system
can achieve +8.21 percent and +1.6 percent
gains of average precision and recall against
SML under the condition of an equal average
number of annotation words, that is, 10. By 
incorporating anti-models, we also allow queries
with anti-semantic words, which is not an option
for previous systems.
Convention Paper 7540

9:00 am

P7-4 The Effects of Lossy Audio Encoding on 
Onset Detection Tasks—Kurt Jacobson,
Matthew Davies, Mark Sandler, Queen Mary
University of London, London, UK

In large audio collections, it is common to store
audio content with perceptual encoding. Howev-
er, encoding parameters may vary from collec-
tion to collection or even within a collection—
using different bit rates, sample rates, codecs,
etc. We evaluated the effect of various audio en-
codings on the onset detection task and show
that audio-based onset detection methods are
surprisingly robust in the presence of MP3 
encoded audio. Statistically significant changes
in onset detection accuracy only occur at bit-
rates lower than32 kbps.
Convention Paper 7541

9:00 am

P7-5 An Evaluation of Pre-Processing Algorithms
for Rhythmic Pattern Analysis—Matthias
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Gruhne,1 Christian Dittmar,1 Daniel Gaertner,1
Gerald Schuller2
1Fraunhofer Institute for Digital Media 
Technology, Ilmenau, Germany 

2Ilmenau Technical University, Ilmenau, Germany

For the semantic analysis of polyphonic music,
such as genre recognition, rhythmic pattern fea-
tures (also called Beat Histogram) can be used.
Feature extraction is based on the correlation of
rhythmic information from drum instruments in
the audio signal. In addition to drum instruments,
the sounds of pitched instruments are usually
also part of the music signal to analyze. This can
have a significant influence on the correlation
patterns. This paper describes the influence of
pitched instruments for the extraction of rhythmic
features, and evaluates two different pre-pro-
cessing methods. One method computes a sinu-
soidal and noise model, where its residual signal
is used for feature extraction. In the second
method, a drum transcription based on spectral
characteristics of drum sounds is performed, and
the rhythm pattern feature is derived directly from
the occurrences of the drum events. Finally, the
results are explained and compared in detail.
Convention Paper 7542

9:00 am

P7-6 A Framework for Producing Rich Musical
Metadata in Creative Music Production—
Gyorgy Fazekas, Yves Raimond, Mark Sandler,
Queen Mary University of London, London, UK

Musical metadata may include references to 
individuals, equipment, procedures, parameters,
or audio features extracted from signals. There
are countless possibilities for using this data dur-
ing the production process. An intelligent audio
editor, besides internally relying on it, can be
both producer and consumer of information
about specific aspects of music production. In
this paper we propose a framework for produc-
ing and managing meta information about a
recording session, a single take or a subsection
of a take. As basis for the necessary knowledge
representation we use the Music Ontology with
domain specific extensions. We provide exam-
ples on how metadata can be used creatively,
and demonstrate the implementation of an 
extended metadata editor in a multitrack audio
editor application.
Convention Paper 7543

9:00 am

P7-7 SoundTorch: Quick Browsing in Large Audio
Collections—Sebastian Heise, Michael Hlatky,
Jörn Loviscach, Hochschule Bremen (University
of Applied Sciences), Bremen, Germany

Musicians, sound engineers, and foley artists
face the challenge of finding appropriate sounds
in vast collections containing thousands of audio
files. Imprecise naming and tagging forces users
to review dozens of files in order to pick the right
sound. Acoustic matching is not necessarily
helpful here as it needs a sound exemplar to
match with and may miss relevant files. Hence,
we propose to combine acoustic content analy-
sis with accelerated auditioning: Audio files are

automatically arranged in 2-D by psychoacoustic
similarity. A user can shine a virtual flashlight
onto this representation; all sounds in the light
cone are played back simultaneously, their posi-
tion indicated through surround sound. User
tests show that this method can leverage the 
human brain's capability to single out sounds
from a spatial mixture and enhance browsing in
large collections of audio content.
Convention Paper 7544

9:00 am

P7-8 File System Tricks for Audio Production—
Michael Hlatky, Sebastian Heise, Jörn Lovis-
cach, Hochschule Bremen (University of Applied
Sciences), Bremen, Germany

Not every file presented by a computer operating
system needs to be an actual stream of indepen-
dent bits. We demonstrate that different types of
virtual files and folders including so-called
“Filesystems in Userspace” (FUSE) allow
streamlining audio content management with rel-
atively little additional complexity. For instance,
an off-the-shelf database system may present a
distributed sound library through (seemingly)
standard files in a project-specific hierarchy with
no physical copying of the data involved. 
Regions of audio files may be represented as
separate files; audio effect plug-ins may be dis-
played as collections of folders for on-demand
processing while files are read. We address dif-
ferences between operating systems, available
implementations, and lessons learned when 
applying such techniques.
Convention Paper 7545

Workshop 6 Friday, October 3
9:00 am  – 10:30 am Room 133

AUDIO NETWORKING FOR THE PROS 

Chair: Umberto Zanghieri, ZP Engineering srl

Panelists: Steve Gray, Peavey Digital Research
Greg Shay, Axia Audio
Jérémie Weber, Auvitran
Aidan Williams, Audinate

Several solutions are available on the market today for
digital audio transfer over conventional data cabling, but
only some of them allow usage of standard networking
equipment. This workshop presents some commercially
available solutions (Cobranet, Livewire, Ethersound,
Dante), with specific focus on noncompressed, low-laten-
cy audio transmission for pro-audio and live applications
using standard IEEE 802.3 network technology. The
main challenges of digital audio transport will be outlined,
including compatibility with common networking equip-
ment, reliability, latency, and deployment. Typical sce-
narios will be proposed, with panelists explaining their
own approaches and solutions. 

Tutorial 4 Friday, October 3
9:00 am – 11:30 am Room 130

PERCEPTUAL AUDIO EVALUATION
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Presenters: Søren Bech, Bang & Olufsen A/S, 
Struer, Denmark
Nick Zacharov, SenseLab, Delta, Denmark

The aim of this tutorial is to provide an overview of per-
ceptual evaluation of audio through listening tests, based
on good practices in the audio and affiliated industries.
The tutorial is aimed at anyone interested in the evalua-
tion of audio quality and will provide a highly condensed
overview of all aspects of performing listening tests in a
robust manner. Topics will include: (1) definition of a suit-
able research question and associated hypothesis, (2)
definition of the question to be answered by the subject,
(3) scaling of the subjective response, (4) control of 
experimental variables such as choice of signal, repro-
duction system, listening room, and selection of test sub-
jects, (5) statistical planning of the experiments, and (6)
statistical analysis of the subjective responses. The tutor-
ial will include both theory and practical examples includ-
ing discussion of the recommendations of relevant inter-
national standards (IEC, ITU, ISO). The presentation will
be made available to attendees and an extended version
will be available in the form of the text “Perceptual Audio
Evaluation” authored by Søren Bech and Nick Zacharov. 

Master Class 2 Friday, October 3
9:00 am – 11:00 am Room 206

BINAURAL AUDIO TECHNOLOGY—HISTORY, 
CURRENT PRACTICE, AND EMERGING TRENDS

Presenter: Robert Schulein, Schaumburg, IL USA

During the winter and spring of 1931-32, Bell Telephone
Laboratories, in cooperation with Leopold Stokowski and
the Philadelphia Symphony Orchestra, undertook a 
series of tests of musical reproduction using the most 
advanced apparatus obtainable at that time. The objec-
tives were to determine how closely an acoustic facsimile
of an orchestra could be approached using both stereo
loudspeakers and binaural reproduction. Detailed docu-
ments discovered within the Bell Telephone archives will
serve as a basis for describing the results and problems
revealed while creating the binaural demonstrations.
Since these historic events, interest in binaural recording
and reproduction has grown in areas such as sound field
recording, acoustic research, sound field simulation, au-
dio for electronic games, music listening, and artificial re-
ality. Each of these technologies has its own technical
concerns involving transducers, environmental simula-
tion, human perception, position sensing, and signal 
processing. This Master Class will cover the underlying
principles germane to binaural perception, simulation,
recording, and reproduction. It will include live demon-
strations as well as recorded audio/visual examples.

Live Sound Seminar 4 Friday, October 3
9:00 am – 10:45 am Room 131

WHITE SPACE ISSUES

Chair: Chris Lyons, Shure Inc, Niles, IL, USA
Panelist: Henry Cohen, Production Radio Rentals, 

Yonkers, NY, USA

The DTV conversion will be complete on February 17,
2009. The impact of this and surrounding FCC decisions
is of great concern to wireless microphone users. Will
700 MHz band mics retain type certification? Will pro-
posed white space devices create new interference? Will

there be an FCC crack-down on unlicensed microphone
use? This panel will discuss the latest FCC rule deci-
sions and decisions still pending. 

Historical Event
PERCEPTUAL AUDIO CODING—
THE FIRST 20 YEARS
Friday, October 3, 9:00 am – 11:00 am
Room 134

Moderator: Marina Bosi,  Stanford University; author of 
Introduction to Digital Audio Coding and 
Standards

Panelists: Karlheinz Brandenburg, Fraunhofer Institute 
for Digital Media Technology; TU Ilmenau, 
Ilmenau, Germany
Bernd Edler, University of Hannover
Louis Fielder, Dolby Laboratories
J. D. Johnston, Neural Audio Corp., Kirkland, 
WA, USA
John Princen, BroadOn Communications
Gerhard Stoll, IRT
Ken Sugiyama, NEC

Who would have guessed that teenagers and everybody
else would be clamoring for devices with MP3/AAC
(MPEG Layer III/MPEG Advanced Audio Coding) per-
ceptual audio coders that fit into their pockets? As per-
ceptual audio coders become more integral to our daily
lives, residing within DVDs, mobile devices, broad/web-
casting, electronic distribution of music, etc., a natural
question to ask is: what made this possible and where is
this going? This panel, which includes many of the early
pioneers who helped advance the field of perceptual 
audio coding, will present a historical overview of the
technology and a look at how the market evolved from
niche to mainstream and where the field is heading.

Student and Career Development Event
ONE ON ONE MENTORING SESSION, PART 2
Friday, October 3, 9:00 am – 11:00 am
TBA at Student Delegate Assembly Meeting

Students are invited to sign-up for an individual meeting
with a distinguished mentor from the audio industry. The
opportunity to sign up will be given at the end of the
opening SDA meeting. Any remaining open spots will be
posted in the student area. All students are encouraged
to participate in this exciting and rewarding opportunity
for individual discussion with industry mentors.

Friday, October 3 9:00 am Room 220
Technical Committee Meeting on Fiber Optics
(Formative Meeting)

Friday, October 3 9:00 am Room 232
Standards Committee Meeting SC-03-02 Transfer
Technologies

Special Event
FREE HEARING SCREENINGS
CO-SPONSORED BY THE AES
AND HOUSE EAR INSTITUTE
Friday, October 3 10:00 am–6:00 pm
Saturday, October 4 10:00 am–6:00 pm
Sunday, October 5 10:00 am–4:00 pm
Exhibit Hall

Attendees are invited to take advantage of a free hearing
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screening co-sponsored by the AES and House Ear 
Institute. Four people can be screened simultaneously in
the mobile audiological screening unit located on the 
exhibit floor. A daily sign-up sheet at the unit will allow 
individuals to reserve a screening time for that day. This
hearing screening service has been developed in re-
sponse to a growing interest in hearing conservation and
to heighten awareness of the need for hearing protection
and the safe management of sound. For more informa-
tion and the location of the hearing screenings, please
refer to the Exhibitor Directory and posted signs.

Student and Career Development Event
EDUCATION FAIR
Friday, October 3, 10:00 am – 12:00 noon
Concourse

Institutions offering studies in audio (from short courses
to graduate degrees) will be represented in a “table top”
session. Information on each school’s respective 
programs will be made available through displays and
academic guidance. There is no charge for schools/insti-
tutions to participate. Admission is free and open to all
convention attendees.

Friday, October 3 10:00 am Room 220
Technical Committee Meeting on Audio Forensics

Yamaha Commercial Audio Training Sessionr
Friday, October 3, 10:30 am – 11:30 am
Room 120

Digital Mixing for Sound Reinforcement  

Targeted for analog users, this class teaches the bene-
fits of digital mixing and covers recording options, transi-
tioning from analog, and includes hands-on experience.

Friday, October 3 10:30 am Room 232
Standards Committee Meeting SC-03-04 Storage and
Handling of Media

Broadcast Session 5 Friday, October 3
11:00 am – 1:00 pm Room 133

LOUDNESS WORKSHOP

Chair: John Chester

Panelists: Marvin Caesar, Aphex
James Johnston, Neural Audio Corp.
Thomas Lund, TC Electronic A/S
Andrew Mason, BBC
Robert Orban, Orban/CRL
Jeffery Riedmiller, Dolby Laboratories

New challenges and opportunities await broadcast engi-
neers concerned about optimum sound quality in this 
contemporary age of multichannel sound and digital
broadcasting. The earliest studies in the measurement of
loudness levels were directed to telephony issues, with the
publication in 1933 of the equal-loudness contours of
Fletcher and Munson, and the Bell Labs tests of more than
a half-million listeners at the 1938 New York Worlds Fair
demonstrating that age and gender are also important fac-
tors in hearing response. A quarter of a century later,
broadcasters began to take notice of the often-conflicting
requirements of controlling both modulation and loudness
levels. These are still concerns today as new technologies

are being adopted. This session will explore the current
state of the art in the measurement and control of loud-
ness levels and look ahead to the next generation of tech-
niques that may be available to audio broadcasters.

Live Sound Seminar 5 Friday, October 3
11:00 am – 1:00 pm Room 131

PRACTICAL ADVICE FOR WIRELESS SYSTEMS
USERS

Chair: Karl Winkler, Lectrosonics
Panelists: Freddy Chancellor

Henry Cohen, Production Radio Rentals, 
NYC, NY, USA
Michael Pettersen, Shure Incorporated, Niles, 
IL, USA

From houses of worship to wedding bands to community
theaters, there are small- to medium-sized wireless 
microphone systems and IEMs in use by the millions.
Unlike the Super Bowl or the Grammys, these smaller
systems often do not have dedicated technicians, so-
phisticated frequency coordination, or in many cases
even the proper basic attention to system setup. This live
sound event will begin with a basic discussion of the 
elements of properly choosing components, designing
systems, and setting them up in order to minimize the
potential for interference while maximizing performance.
Topics covered will include antenna placement, antenna
cabling, spectrum scanning, frequency coordination, gain
structure, system monitoring and simple testing/trou-
bleshooting procedures. Briefly covered will also be plan-
ning for upcoming RF spectrum changes.

Exhibitor Seminar
ES1 ANALOG DEVICES, INC.
Friday, October 3, 11:00 am – 12:00 noon
Room 122

From the Recording Studio to the Living Room 
and Beyond—Analog Devices Is Everywhere in Audio

Presenter: Denis Labrecque

ADI provides a variety of components for the equipment
that generates music and the systems we use to hear
them - in our homes, cars and portable devices. We will
showcase our new high performance audio ICs: SHARC,
Blackfin, and SigmaDSP digital signal processors; con-
verters; Class-D amplifiers; and MEMS microphones.

Friday, October 3 11:00 am Room 220
Technical Committee Meeting on Audio for Games

Session P8 Friday, October 3
11:30 am – 1:00 pm Outside Room 238

POSTERS: ROOM ACOUSTICS AND BINAURAL AUDIO

11:30 am

P8-1 On the Minimum-Phase Nature of Head-
Related Transfer Functions—Juhan Nam,
Miriam A. Kolar, Jonathan S. Abel, Stanford 
University, Stanford, CA, USA

For binaural synthesis, head-related transfer
functions (HRTFs) are commonly implemented
as pure delays followed by minimum-phase
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systems. Here, the minimum-phase nature of
HRTFs is studied. The cross-coherence be-
tween minimum-phase and unprocessed mea-
sured HRTFs was seen to be greater than 0.9
for a vast majority of the HRTFs, and was rarely
below 0.8. Non-minimum-phase filter compo-
nents resulting in reduced cross-coherence 
appeared in frontal and ipsilateral directions. The
excess group delay indicates that these non-
minimum-phase components are associated
with regions of moderate HRTF energy. Other
regions of excess phase correspond to high-fre-
quency spectral nulls, and have little effect on
cross-coherence.
Convention Paper 7546

11:30 am

P8-2 Apparatus Comparison for the Characterization
of Spaces—Adam Kestian, Agnieszka 
Roginska, New York University, NY, NY, USA

This work presents an extension of the Acoustic
Pulse Reflectometry (APR) methodology that
was previously used to obtain the characteristics
of smaller acoustic spaces. Upon reconstructing
larger spaces, the geometric configuration and
characteristics of the measurement apparatus
can be directly related to the clarity of the 
results. This paper describes and compares
three measurement setups and apparatus con-
figurations. The advantages and disadvantages
of each methodology are discussed.
Convention Paper 7547

11:30 am

P8-3 Quantifying the Effect of Room Response on 
Automatic Speech Recognition Systems—
Jeremy Anderson, John Harris, University of
Florida, Gainesville, FL, USA

It has been demonstrated that the acoustic envi-
ronment has an impact on timbre and speech 
intelligibility. Automatic speech recognition is an
established area that suffers from the negative
effects of mismatch between different room 
impulse responses (RIR). To better understand
the changes imparted by the RIR, we have cre-
ated synthetic responses to simulate utterances
recorded in different locations. Using speech
recognition techniques to quantify our results,
we then looked for trends in performance to con-
nect with impulse response changes.
Convention Paper 7548

11:30 am

P8-4 In Situ Determination of Acoustic Absorption
Coefficients—Scott Mallais, University of 
Waterloo, Waterloo, Ontario, Canada

The determination of absorption characteristics
for a given material is developed for in situ mea-
surements. Experiments utilize maximum length
sequences and a single microphone. The sound
pressure is modeled using the compact source
approximation. Emphasis is placed on low fre-
quency resolution that is dependent on the
geometry of both the loudspeaker-microphone-
sample configuration and the room in which the
measurement is performed. Methods used to

overcome this limitation are discussed. The con-
cept of the acoustic center is applied in the low
frequency region, modifying the calculation of
the absorption coefficient.
Convention Paper 7549

11:30 am

P8-5 Head-Related Transfer Function 
Customization by Frequency Scaling 
and Rotation Shift Based on a New 
Morphological Matching Method—Pierre 
Guillon,1,2 Thomas Guignard,2 Rozenn Nicol2
1Laboratoire d’Acoustique de l’Université du 
Maine, Le Mans, France

2Orange Labs, Lannion, France

Head-Related Transfer Functions (HRTFs) indi-
vidualization is required to achieve high quality
Virtual Auditory Spaces. An alternative to
acoustic measurements is the customization of
non-individual HRTFs. To transform HRTF data,
we propose a combination of frequency scaling
and rotation shifts, whose parameters are pre-
dicted by a new morphological matching
method. Mesh models of head and pinnae are
acquired, and differences in size and orientation
of pinnae are evaluated with a modified Iterative
Closest Point (ICP) algorithm. Optimal HRTF
transformations are computed in parallel. A rela-
tively good correlation between morphological
and transformation parameters is found and al-
lows one to predict the customization parame-
ters from the registration of pinna shapes. The
resulting model achieves better customization
than frequency scaling only, which shows that
adding the rotation degree of freedom improves
HRTF individualization.
Convention Paper 7550

Tutorial 5 Friday, October 3
11:30 am – 12:30 pm Room 206

A POSTPRODUCTION MODEL FOR VIDEO GAME
AUDIO: SOUND DESIGN, MIXING, AND STUDIO
TECHNIQUES

Presenter: Rob Bridgett, Radical Entertainment, 
Vancouver, BC, Canada

In video game development, audio postproduction is still
a concept that is frowned upon and frequently misunder-
stood. Audio content often still has the same cut-off
deadlines as visual and design content, allowing no time
to polish the audio or to reconsider the sound in context
of the finished visuals. This tutorial talks about ways in
which video game audio can learn from the models of
postproduction sound in cinema, allotting a specific time
at the end of a project for postproduction sound design,
and perhaps more importantly, mixing and balancing all
the elements of the soundtrack before the game is
shipped. This tutorial will draw upon examples and expe-
rience of postproduction audio work we have done over
the last two years such as mixing the Scarface game at
Skywalker Sound and also more recent titles such as
Prototype. The tutorial will investigate:

• Why cutting off sound at the same time as design
and art doesn't work

• Planning and preparing for postproduction audio on
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a game
• Real-time sound replacement and mixing technology

(proprietary and middleware solutions)
• Interactive mixing strategies (my game is 40+ hours

long, how do I mix it all?)
• Building/equipping a studio for postproduction game

audio.

Special Event
PLATINUM ENGINEERS AND PRODUCERS
Friday, October 3, 11:30 am – 1:00 pm
Room 134

Moderator: Paul Verna

Panelists: Tony Berg
David Bowles
Jerry Harrison
Stephan Jenkins
Chris Lord-Alge

Some of the industry’s top producers and engineers dis-
cuss the routes that led them to their careers in the stu-
dio. Prospective panelists include studio pros who 
arrived at their craft from the A&R side (Tony Berg), from
the recording artist side (Stephan Jenkins from Third Eye
Blind), from engineering (Chris Lord-Alge), from appren-
ticeships with other platinum hit makers (Malcolm Burn),
and from formal training in classical music (David
Bowles). The panel will be moderated by Paul Verna,
veteran of Billboard and Mix magazines, and co-author
of The Encyclopedia of Record Producers.

Exhibitor Seminar
ES2 FAR – FUNDAMENTAL ACOUSTIC
RESEARCH
Friday, October 3, 11:30 am – 12:30 pm
Room 121

Description of Sonic Qualities in the Modular Sound
Proof Studios Designed by FAR

Presenter: Thomas Pierre

The Modular room concept designed by our company is
capable of the best acoustical performances. We are
building comfortable modular soundproof booths with
exceptional sonic qualities. During this seminar we are
describing the reasons of such qualities and analyzing
the measurements made in different configurations.

Special Event
LUNCHTIME KEYNOTE: DAVE GIOVANNONI 
OF FIRST SOUNDS
Friday, October 3, 1:00 pm – 2:00 pm
Room 130

Before Edison—Recovering the World’s 
First Audio Recordings

First Sounds, an informal collaborative of audio engi-
neers and historians, recently corrected the historical
record and made international headlines by playing back
a phonautogram made in Paris in April 1860—a ghostly,
ten-second evocation of a French folk song. This and
other phonautograms establish a forgotten French type-
setter as the first person to record reproducible airborne
sound 17 years before Edison invented the phonograph.
Primitive and nearly accidental, the world’s first audio
recordings pose a unique set of technical challenges.
David Giovannoni of First Sounds discusses their recov-
ery and restoration and will premiere two newly restored

recordings.

Exhibitor Seminar
ES3 THAT CORPORATION
Friday, October 3, 11:00 pm – 2:00 pm
Room 121

Honey, I Shrunk the Power Supply—Analog Audio 
in a Low-Voltage, Single-Supply World 

Presenters: Rosalfonso Bortoni
Fred Floru
Bob Moses
Les Tyler

Moore’s Law ushered in an era of enormous digital signal
processing power as semiconductor geometries shrank to
sub-micron levels. But with this came shrinking power
supplies. Today, digital logic often requires multiple low-
voltage power supplies such as 1.8V, 3.3V, and 5V.
Along with these, do we really have to generate +/-15V
supplies for high-performance analog? Moreover, while
wall-warts are handy for avoiding regulatory issues, they
typically provide only one polarity of one voltage. This
seminar will show designers how to operate conventional
high-voltage dual-supply analog audio ICs from single-
voltage supplies. We will explore active and passive rail-
splitting, minimum required supply voltages, gain struc-
ture, and optimal input/output termination. 

Yamaha Commercial Audio Training Sessionr
Friday, October 3, 12:30 pm – 2:00 pm
Room 120

PM5D-EX Level 1  

Introduction to the PM5D-EX system featuring the
DSP5D digital mixing system.

Exhibitor Seminar
ES4 ODEON A/S
Friday, October 3, 1:00 pm – 2:00 pm
Room 122

Room Acoustic Simulations and Auralizations

Presenters: Claus Lynge Christensen
Gry Baelum Nielsen

Odeon is the state-of-the-art room acoustics simulations
software, used in major concert hall and theater projects.
The seminar will show examples of room modeling
including CAD-import, source directivity, array modeling,
tools for reflection analysis, and Odeon´s high fidelity
surround sound auralization.

Friday, October 3 1:00 pm Room 220
Technical Committee Meeting on Coding of Audio
Signals

Friday, October 3 1:00 pm Room 232
Standards Committee Meeting SC-03-12 Forensic 
Audio

Student and Career Development Event
RECORDING COMPETITION—SURROUND
Friday, October 3, 2:00 pm – 4:45 pm
Room 206

The Student Recording Competition is a highlight at each
convention. A distinguished panel of judges partici-
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pates in critiquing finalists of each category in an interac-
tive presentation and discussion. Student members can
submit stereo and surround recordings in the categories
classical, jazz, folk/world music, and pop/rock. Meritori-
ous awards will be presented at the closing Student Del-
egate Assembly Meeting on Sunday.

Judges include: Steve Bellamy, Tony Berg, Graemme
Brown, Martha de Francisco, Marie Ebbing, Shawn
Everett, Kimio Hamasaki, Leslie Ann Jones, Michael
Nunan, and Mark Willsher.

Sponsors for this event include: AEA, AKG,
Digidesign, Harman, JBL, Lavry Engineering, Schoeps,
Shure.

Session P9 Friday, October 3
2:30 pm – 6:30 pm Room 222

MULTICHANNEL SOUND REPRODUCTION

Chair: Durand Begault, NASA Ames Research 
Center, Mountain View, CA, USA

2:30 pm

P9-1 An Investigation of 2-D Multizone Surround
Sound Systems—Mark Poletti, Industrial 
Research Limited, Lower Hutt, Wellington, 
New Zealand

Surround sound systems can produce a desired
sound field over an extended region of space by
using higher order Ambisonics. One application
of this capability is the production of multiple 
independent soundfields in separate zones. This
paper investigates multi-zone surround systems
for the case of two dimensional reproduction. A
least squares approach is used for deriving the
loudspeaker weights for producing a desired sin-
gle frequency wave field in one of N zones, while
producing silence in the other N-1 zones. It is
shown that reproduction in the active zone is
more difficult when an inactive zone is in-line
with the virtual sound source and the active
zone. Methods for controlling this problem are
discussed. 
Convention Paper 7551

3:00 pm

P9-2 Two-Channel Matrix Surround Encoding for
Flexible Interactive 3-D Audio Reproduction
—Jean-Marc Jot, Creative Advanced 
Technology Center, Scotts Valley, CA, USA

The two-channel matrix surround format is wide-
ly used for connecting the audio output of a
video gaming system to a home theater receiver
for multichannel surround reproduction. This 
paper describes the principles of a computation-
ally-efficient interactive audio spatialization 
engine for this application. Positional cues 
including 3-D elevation are encoded for each 
individual sound source by frequency-indepen-
dent interchannel phase and amplitude differ-
ences, rather than HRTF cues. A matrix sur-
round decoder based on frequency-domain
Spatial Audio Scene Coding (SASC) is able to
faithfully reproduce both ambient reverberation
and positional cues over headphones or arbi-
trary multichannel loudspeaker reproduction 
formats, while preserving source separation 

despite the intermediate encoding over only two
channels.
Convention Paper 7552

3:30 pm

P9-3 Is My Decoder Ambisonic?—Aaron Heller,1
Richard Lee,2 Eric Benjamin3
1SRI International, Menlo Park, CA, USA 
2Pandit Littoral, Cooktown, Queensland, 
Australia 

3Dolby Laboratories, San Francisco, CA, USA

In earlier papers, the present authors estab-
lished the importance of various aspects of 
Ambisonic decoder design: a decoding matrix
matched to the geometry of the loudspeaker 
array in use, phase-matched shelf filters, and
distance compensation. These are needed for
accurate reproduction of spatial localization
cues, such as interaural time difference (ITD), 
interaural level difference (ILD), and distance
cues. Unfortunately, many listening tests of 
Ambisonic reproduction reported in the literature
either omit the details of the decoding used or
utilize suboptimal decoding. In this paper we 
review the acoustic and psychoacoustic criteria
for Ambisonic reproduction; present a methodol-
ogy and tools for "black box" testing to verify the
performance of a candidate decoder; and pre-
sent and discuss the results of this testing on
some widely used decoders.
Convenion Paper 7553

4:00 pm

P9-4 Exploiting Human Spatial Resolution in 
Surround Sound Decoder Design—David
Moore, Jonathan Wakefield, University of 
Huddersfield, West Yorkshire, UK

This paper presents a technique whereby the 
localization performance of surround sound 
decoders can be improved in directions in which
human hearing is more sensitive to sound
source location. Research into the Minimum 
Audible Angle is explored and incorporated into
a fitness function based upon a psychoacoustic
model. This fitness function is used to guide a
heuristic search algorithm to design new 
Ambisonic decoders for a 5-speaker surround
sound layout. The derived decoder is successful
in matching the variation in localization 
performance of the human listener with better
performance to the front and rear and reduced
performance to the sides. The effectiveness of
the standard ITU 5-speaker layout versus a 
non-standard layout is also considered in this
context.
Convention Paper 7554

4:30 pm

P9-5 Surround System Based on Three-
Dimensional Sound Field Reconstruction—
Filippo M. Fazi,1 Philip A. Nelson,1 Jens E.
Christensen,1 Jeongil Seo2
1University of Southampton, Southampton, UK
2Electronics and Telecommunications Research 
Institute (ETRI), Daejeon, Korea

The theoretical fundamentals and the simulated
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and experimental performance of an innovative
surround sound system are presented. The pro-
posed technology is based on the physical 
reconstruction of a three-dimensional target
sound field over a region of the space using an
array of loudspeakers surrounding the listening
area. The computation of the loudspeaker gains
includes the numerical or analytical solution of
an integral equation of the first kind. The experi-
mental setup and the measured reconstruction
performance of a system prototype constituted
by a three dimensional array of 40 loudspeakers
are described and discussed.
Convention Paper 7555

5:00 pm

P9-6 A Comparison of Wave Field Synthesis 
and Higher-Order Ambisonics with Respect
to Physical Properties and Spatial Sampling
—Sascha Spors, Jens Ahrens, Technische 
Universität Berlin, Berlin, Germany

Wave field synthesis (WFS) and higher-order
Ambisonics (HOA) are two high-resolution spa-
tial sound reproduction techniques aiming at
overcoming some of the limitations of stereo-
phonic reproduction techniques. In the past, the
theoretical foundations of WFS and HOA have
been formulated in a quite different fashion. 
Although some work has been published that
aims at comparing both approaches their similar-
ities and differences are not well documented.
This paper formulates the theory of both 
approaches in a common framework, highlights
the different assumptions made to derive the 
driving functions, and the resulting physical
properties of the reproduced wave field. Special
attention will be drawn to the spatial sampling of
the secondary sources since both approaches
differ significantly here.
Convention Paper 7556

5:30 pm

P9-7 Reproduction of Virtual Sound Sources 
Moving at Supersonic Speeds in Wave Field
Synthesis—Jens Ahrens, Sascha Spors, 
Technische Universität Berlin, Berlin, Germany

In conventional implementations of wave field
synthesis, moving sources are reproduced as
sequences of stationary positions. As reported in
the literature, this process introduces various 
artifacts. It has been shown recently that these
artifacts can be reduced when the physical prop-
erties of the wave field of moving virtual sources
are explicitly considered. However, the findings
were only applied to virtual sources moving at
subsonic speeds. In this paper we extend the
published approach to the reproduction of virtual
sound sources moving at supersonics speeds.
The properties of the actual reproduced sound
field are investigated via numerical simulations.
Convention Paper 7557

6:00 pm

P9-8 An Efficient Method to Generate Particle
Sounds in Wave Field Synthesis—Michael
Beckinger, Sandra Brix, Fraunhofer Institute for
Digital Media Technology, Ilmenau, Germany

Rendering a couple of virtual sound sources for
wave field synthesis (WFS) in real time is nowa-
days feasible using the calculation power of
state-of-the-art personal computers. If immersive
atmospheres containing thousands of sound
particles like rain and applause should be ren-
dered in real time for a large listening area with a
high spatial accuracy, calculation complexity 
increases enormously. A new algorithm based
on continuously generated impulse responses
and following convolutions, which renders many
sound particles in an efficient way will be pre-
sented in this paper. The algorithm was verified
by first listening tests and its calculation com-
plexity was evaluated as well.
Convention Paper 7558

Session P10 Friday, October 3
2:30 pm – 5:00 pm Room 236

NONLINEARITIES IN LOUDSPEAKERS

Chair: Laurie Fincham, THX Ltd., San Rafael, CA, USA

2:30 pm

P10-1 Audibility of Phase Response Differences 
in a Stereo Playback System. Part 2: 
Narrow-Band Stimuli in Headphones and
Loudspeakers—Sylvain Choisel, Geoff Martin,
Bang & Olufsen A/S, Struer, Denmark

A series of experiments were conducted in order
to measure the audibility thresholds of phase dif-
ferences between channels using mismatched
cross-over networks. In Part 1 of this study, it
was shown that listeners are able to detect very
small inter-channel phase differences when pre-
sented with wide-band stimuli over headphones,
and that the threshold was frequency depen-
dent. This second part of the investigation focus-
es on listeners’ abilities with narrow-band signals
(from 63 to 8000 Hz) in headphones as well as
loudspeakers. The results confirm the frequency
dependency of the audibility threshold over
headphones, whereas for loudspeaker playback
the threshold was essentially independent of the
frequency.
Convention Paper 7559

3:00 pm

P10-2 Time Variance of the Suspension Nonlinearity
—Finn Agerkvist,1 Bo Rhode Pedersen2
1Technical University of Denmark, Lyngby, 
Denmark 

2Aalborg University, Esbjerg, Denmark

It is well known that the resonance frequency of
a loudspeaker depends on how it is driven 
before and during the measurement. Measure-
ment done right after exposing it to high levels of
electrical power and/or excursion giver lower val-
ues than what can be measured when the loud-
speaker is cold. This paper investigates the
changes in compliance the driving signal can
cause, this includes low level short duration
measurements of the resonance frequency as
well as high power long duration measure-
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ments of the nonlinearity of the suspension. It is
found that at low levels the suspension softens
b u t  
recovers quickly. The high power and long term
measurements affect the nonlinearity of the
loudspeaker, by increasing the compliance value
for all values of displacement. This level depen-
dency is validated with distortion measurements
and it is demonstrated how improved accuracy
of the nonlinear model can be obtained by 
including the level dependency.
Convention Paper 7560

3:30 pm

P10-3 A Study of the Creep Effect in Loudspeakers
Suspension—Finn Agerkvist,1 Knud Thorborg,2
Carsten Tinggaard2
1Technical University of Denmark, Lyngby, 
Denmark 

2Tymphany A/S, Taastrup, Denmark

This paper investigates the creep effect, the vis-
co elastic behavior of loudspeaker suspension
parts, which can be observed as an increase in
displacement far below the resonance frequen-
cy. The creep effect means that the suspension
cannot be modeled as a simple spring. The need
for an accurate creep model is even larger as
the validity of loudspeaker models are now
sought extended far into the nonlinear domain of
the loudspeaker. Different creep models are in-
vestigated and implemented both in simple
lumped parameter models as well as time 
domain nonlinear models, the simulation results
are compared with a series of measurements on
three version of the same loudspeaker with dif-
ferent thickness and rubber type used in the sur-
round.
Convention Paper 7561

4:00 pm

P10-4 The Influence of Acoustic Environment on
the Threshold of Audibility of Loudspeaker
Resonances—Shelley Uprichard,1,2 Sylvain
Choisel1
1Bang & Olufsen A/S, Struer, Denmark 
2University of Surrey, Guildford, Surrey, UK 

Resonances in loudspeakers can produce a
detrimental effect on sound quality. The reduc-
tion or removal of unwanted resonances 
has therefore become a recognized practice in
loudspeaker tuning. This paper presents the 
results of a listening test that has been used to
determine the audibility threshold of a single res-
onance in different acoustic environments: head-
phones, loudspeakers in a standard listening
room, and loudspeakers in a car. Real loud-
speakers were measured and the resonances
modeled as IIR filters. Results show that there is
a significant interaction between acoustic envi-
ronment and program material.
Convention Paper 7562

4:30 pm

P10-5 Confirmation of Chaos in a Loudspeaker 
System Using Time Series Analysis—Joshua
Reiss,1 Ivan Djurek,2 Antonio Petosic,2 Danijel
Djurek3

1Queen Mary University of London, London, UK 
2University of Zagreb, Zagreb, Croatia 
3AVAC – Alessandro Volta Applied Ceramics, 
Laboratory for Nonlinear Dynamics, Zagreb, 
Croatia

The dynamics of an experimental electrodynam-
ic loudspeaker is studied by using the tools of
chaos theory and time series analysis. Delay
time, embedding dimension, fractal dimension,
and other empirical quantities are determined
from experimental data. Particular attention is
paid to issues of stationarity in the system in 
order to identify sources of uncertainty. Lya-
punov exponents and fractal dimension are
measured using several independent tech-
niques. Results are compared in order to estab-
lish independent confirmation of low dimensional
dynamics and a positive dominant Lyapunov 
exponent. We thus show that the loudspeaker
may function as a chaotic system suitable for
low dimensional modeling and the application of
chaos control techniques.
Convention Paper 7563

Session P11 Friday, October 3
2:30 pm –  4:00 pm Outside Room 238

POSTERS: LISTENING TESTS 
AND PSYCHOACOUSTICS

2:30 pm

P11-1 Testing Loudness Models—Real vs. Artificial 
Content—James (jj) Johnston, Neural Audio
Corp., Kirkland, WA, USA

A variety of loudness models have been recently
proposed and tested by various means. In this
paper some basic properties of loudness are 
examined, and a set of artificial signals are 
designed to test the “loudness space” based on
principles dating back to Harvey Fletcher, or 
arguably to Wegel and Lane. Some of these sig-
nals, designed to model “typical” content, seem
to reinforce the results of prior loudness model
testing. Other signals, less typical of standard
content, seem to show that there are some sub-
stantial differences when these less common
signals and signal spectra are used.
Convention Paper 7564

2:30 pm

P11-2 Audibility of High Q-factor All-Pass 
Components in Head-Related Transfer 
Functions—Daniela Toledo, Henrik Møller, 
Aalborg University, Aalborg, Denmark

Head-related transfer functions (HRTFs) can be
decomposed into minimum phase, linear phase,
and all-pass components. It is known that low 
Q-factor all-pass sections in HRTFs are audible
as lateral shifts when the interaural group delay
at low frequencies is above 30 µs. The goal of
our investigation is to test the audibility of high
Q-factor all-pass components in HRTFs and the
perceptual consequences of removing them. A
three-alternative forced choice experiment has
been conducted. Results suggest that high 
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Q-factor all-pass sections are audible when pre-
sented alone, but inaudible when presented with
their minimum phase HRTF counterpart. It is
concluded that high Q-factor all-pass sections
can be discarded in HRTFs used for binaural
synthesis.
Convention Paper 7565

2:30 pm

P11-3 A Psychoacoustic Measurement and ABR for
the Sound Signals in the Frequency Range
between 10 kHz and 24 kHz—Mizuki Omata,1
Kaoru Ashihara,2 Motoki Koubori,1 Yoshitaka
Moriya,1 Masaki Kyouso,1 Shogo Kiryu1
1Musashi Institute of Technology, Tokyo, Japan
2Advanced Industrial Science and Technology, 
Tsukuba, Japan 

In high definition audio media such as SACD
and DVD-audio, wide frequency range far 
beyond 20 kHz is used. However, the auditory
characteristics for the frequencies higher than 20
kHz have not been necessarily understood. At
the first step to make clear the characteristics,
we conducted a psychoacoustic and an auditory
brain-stem response (ABR) measurement for the
sound signals in the frequency range between
10 kHz and 24 kHz. At a frequency of 22 kHz,
the hearing threshold in the psychoacoustic
measurement could be measured for 4 of 5 sub-
jects. The minimum sound pressure level was 80
dB. The thresholds of 100 dB in the ABR 
measurement could be measured for 1 of the 5
subjects.
Convention Paper 7566

2:30 pm

P11-4 Quantifying the Strategy Taken by a Pair of
Ensemble Hand-Clappers under the Influence
of Delay—Nima Darabii,1 Peter Svensson,1
Snorre Farner2
1The Centre for Quantifiable Quality of Service in 
Communication Systems, NTNU, Trondheim, 
Norway 

2IRCAM, Paris, France

Pairs of subjects were placed in two acoustically
isolated rooms clapping together under an influ-
ence of delay up to 68 ms. Their trials were
recorded and analyzed based on a definition of
compensation factor. This parameter was calcu-
lated from the recorded observations for both
performers as a discrete function of time and
thought of as a measure of the strategy taken by
the subjects while clapping. The compensation
factor was shown to have a strong individual as
well as a fairly musical dependence. Increasing
the delay compensation factor was shown obvi-
ously to be increased as it is needed to avoid
tempo decrease for such high latencies. Virtual
anechoic conditions cause a less deviation for
this factor than the reverberant conditions.
Slightly positive compensation parameter for
very short latencies may lead to a tempo accel-
eration in accordance with Chafe effect.
Convention Paper 7567

2:30 pm

P11-5 Quantitative and Qualitative Evaluations for

TV Advertisements Relative to the Adjacent
Programs—Eiichi Miyasaka, Akiko Kimura,
Musashi Institute of Technology, Yokohama,
Kanagawa, Japan

The sound levels of advertisements (CMs) in
Japanese conventional terrestrial analog broad-
casting (TAB) were quantitatively compared with
those in Japanese terrestrial digital broadcasting
(TDB). The results show that the average 
CM-sound level in TDB was about 2 dB lower
and the average standard deviation was wider
than those in TAB, while there were few differ-
ences between TAB and TDB at some TV sta-
tions. Some CMs in TDB were perceived clearly
louder than the adjacent programs although the
sound level differences between the CMs and
the programs were only within ±2 dB. Next, 
insertion methods of CMs into the main pro-
grams in Japan were qualitatively investigated.
The results show that some kinds of the meth-
ods could unacceptably irritate viewers.
Convention Paper 7568

Tutorial 6 Friday, October 3
2:30 pm – 3:30 pm Room 133

MODERN PERSPECTIVES ON HEWLETT’S 
SINEWAVE OSCILLATOR

Presenter: Jim Williams, Linear Technology, Milpitas, 
CA, USA

This tutorial describes the thesis and related work of a
Stanford University graduate student, William R. Hewlett.
Hewlett’s 1939 thesis, concerning a then-new type of
sine wave oscillator, is reviewed. His use of new con-
cepts and ideas of Nyquist, Black, and Meacham is 
considered. Hewlett displays an uncanny knack for com-
bining ideas to synthesize his desired result. The oscilla-
tor is a beautiful example of lateral thinking. The whole
problem was considered in an interdisciplinary spirit, not
just an electronic one. This is the signature of superior
problem solving and good engineering. Although the the-
oretics and technology are now passe, the quality of
Hewlett's thinking remains rare, and singularly human.
No computer driven “expert system” could ever emulate
such lateral thinking, advertising copy notwithstanding.
Modern adaptations of Hewlett’s guidance complete the
tutorial. Handouts include Hewlett’s thesis, a detailed
production schematic of the oscillator, and modern ver-
sions of the circuit.

Master Class 3 Friday, October 3
2:30 pm – 4:15 pm Room 130

SONIC METHODOLOGY AND MYTHOLOGY

Presenter: Keith O. Johnson, Reference Recordings, 
Pacifica, CA, USA

Do extravagant designs and superlative specifications
satisfy sonic expectations? Can power cords, intercon-
nects, marker dyes and other components in a contro-
versial l ineup improve staging, clarity, and other 
features? Intelligent measurements and neural feedback
studies support these sonic issues as well as predict
misdirected methodology from speculative thought. 
Sonic changes and perceptual feats to hear them are �
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possible and we'll explore recorders, LPs, amplifiers,
conversion, wire, circuits and loudspeakers to observe
how they create artifacts and interact in systems. Hear-
ing models help create and interpret tests intended to 
excite predictive behaviors of components. Time domain,
tone cluster and fast sweep signals along with simple
test devices reveal small complex artifacts. Background
knowledge of halls, recording techniques, and cognitive
perception becomes helpful to interpret results, which
can reveal simple explanations to otherwise remarkable
physics. Other topics include power amplifiers that can
ruin a recording session, noise propagation from regula-
tors, singing wire, coherent noise, eigensonics, and
speakers prejudicial to key signatures. Waveform per-
ception, tempo shifting, and learned object sounds will
be demonstrated. 

Live Sound Seminar 6 Friday, October 3
2:30 pm – 4:30 pm Room 131

SOURCE-ORIENTED LIVE SOUND REINFORCEMENT

Chair: Fred Ampel, Technology Visions
Panelists: Kurt Graffy, Arup

Dave Haydon, Out Board Electronics
George Johnsen, Threshold Digital Research
Labs
Vikram Kirby, Thinkwell Design & Production
Robin Whittaker, Out Board Electronics

Directional amplification, also referred to as Source-Ori-
ented Reinforcement (SOR), describes a practical tech-
nique to deliver amplified sound to a large listening area
with even coverage while providing directional information
to reinforce visual cues and create a realistic and non-con-
tradictory auditory panorama. Audio demonstrations of the
fundamental psychoacoustic techniques employed in a
SOR design will be presented and limits discussed.

The panel of presenters will outline the history of SOR
from the pioneering work of Ahnert, Steinke, and Fels
with their Delta Stereophony System in the mid 1970s
(later licensed to AKG), to Out Board’s current day TiMax
Audio Imaging Delay Matrix, including the very latest
ground breaking technology employed to enable control
of precedence by radar tracking the actors on the stage.

Descriptions of venues and productions that have 
employed SOR will be included.

Special Event
COMPRESSORS—A DYNAMIC PERSPECTIVE
Friday, October 3, 2:30 pm – 4:00 pm
Room 134

Moderator: Fab Dupont

Panelists: Dave Derr
Wade Goeke
Dave Hill
Hutch Hutchison
George Massenburg
Rupert Neve

A device that, some might say, is being abused by those 
involved in the “loudness wars,” the dynamic range com-
pressor can also be a very creative tool. But how exactly
does it work? Six of the audio industry’s top designers
and manufacturers lift the lid on one of the key compo-
nents in any recording, broadcast or live sound signal
chain. They will discuss the history, philosophy, and 

evolution of this often misunderstood processor. Is one
compressor design better than another? What design
features work best for what application? The panel will
also reveal the workings behind the mysteries of feed-
back and feed-forward designs, side-chains, and hard
and soft knees, and explore the uses of multiband, paral-
lel and serial compression.

Student and Career Development Event
RESUME REVIEW
Friday, October 3, 2:30 pm – 4:30 pm
TBA at Student Delegate Assembly Meeting

Moderator: John Strawn

Panelists: Mark Dolson, Audience
Greg Duckett, Rane
Michael Poimboeuf, DigiDesign
Richard Wear, Interfacio

This session is aimed at job candidates in electrical engi-
neering and computer science who want a private, 
no-cost, no-obligation confidential review of their resume.
You can expect feedback such as: what is missing from
the resume; what you should omit from the resume; how
to strengthen your explanation of your talents and skills.
Recent graduates, juniors, seniors, and graduate stu-
dents who are now seeking, or will soon be seeking, a
full-time employment position in the audio and music 
industries in hardware or software engineering will espe-
cially benefit from participating, but others with more 
industry experience are also invited. You will meet one-
on-one with someone from a company in the audio and
music industries with experience in hiring for R&D posi-
tions. Bring a paper copy of your resume and be pre-
pared to take notes.

Exhibitor Seminar
ES5 PLANET WAVES 
Friday, October 3, 2:30 pm – 3:30 pm
Room 121

Planet Waves Modular Snake System

Presenters: Robert Cunningham
Brian Vance

Planet Waves instrument cables are revered by musi-
cians for their pure signal transparency and road worthy
performance. Our new patented Modular Snake System
combines a selection of core DB connectors with XLR
and ¼” breakouts for the ultimate in flexibility when
wiring your studio.

Exhibitor Seminar
ES6 RENKUS-HEINZ, INC. 
Friday, October 3, 2:30 pm – 3:30 pm
Room 122

Advances in Modern Measurement Platforms

Presenter: Stefan Feistel

AFMG’s measurement software packages EASERA
SysTune and EASERA provide a rich set of tools for pro
audio professionals. The new version integrates with
loudspeaker control software to provide users with DSP
control from within the software. A virtual filter function
simulates EQ and crossover adjustments to a measured
response.
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Yamaha Commercial Audio Training Sessionr
Friday, October 3, 2:30 pm – 4:00 pm
Room 120

PM5D-EX Level 2 

In-depth look at the PM5D-EX system including ADK’s
Lyvetracker multi-track recorder, Virtual Soundcheck and
various other advanced functions.

Friday, October 3 2:30 pm Room 220
Technical Committee Meeting on Semantic Audio
Analysis

Friday, October 3 2:30 pm Room 232
Standards Committee Meeting SC-02-01 Digital 
Audio Measurement Techniques

Friday, October 3 3:30 pm Room 220
Technical Committee Meeting on Microphones and
Applications

Broadcast Session 6 Friday, October 3
4:00 pm – 6:45 pm Room 133

HISTORY OF AUDIO PROCESSING

Chair: Emil Torick, CBS, retired

Panelists: Dick Burden
Marvin Caesar, Aphex
Glen Clark, Glen Clark & Associates
Mike Dorrough, Dorrough Electronics
Frank Foti, Omnia
Greg J. Ogonowski, Orban/CRL
Bob Orban, Orban/CRL

The participants of this session pioneered audio process-
ing and developed the tools we still use today. A discus-
sion of the developments, technology, and the “Loudness
Wars” will take place. This session is a must if you want to
understand how and why audio processing is used.

Tutorial 7 Friday, October 3
4:30 pm – 6:00 pm Room 130

SOUND IN THE UI

Presenter: Jeff Essex, Audiosyncrasy, Albany, CA, USA

Many computer and consumer electronics products use
sound as part of their UI, both to communicate actions
and to create a "personality" for their brand. This session
will present numerous real-world examples of sounds
created for music players, set-top boxes and operating
systems. We'll follow projects from design to implemen-
tation with special attention to solving real-world prob-
lems that arise during development. We'll also discuss
some philosophies of sound design, showing examples
of how people respond to various audio cues and how
those reactions can be used to convey information about
the status of a device (navigation through menus, etc.).

Special Event
GEOFF EMERICK/SGT. PEPPER
Friday, October 3, 4:30 pm – 6:00 pm
Room 134

Marking the 40th Anniversary of the release of Sgt. Pep-
per’s Lonely Hearts Club Band, Geoff Emerick, the Beat-
les engineer on the original recording was commissioned
by the BBC to re-record the entire album on the original
vintage equipment using contemporary musicians for a
unique TV program. 

Celebrating its own anniversary, the APRS is proud to
present for a select AES audience, this unique project
featuring recorded performances by young UK and US
artists including the Kaiser Chiefs, The Fray, Travis, 
Razorlight, the Stereophonics, the Magic Numbers, and
a few more—and one older Canadian, Bryan Adams. 

These vibrant, fresh talents recorded the original
arrangements and orchestrations of the Sgt. Pepper 
album using the original microphones, desks, and hard-
learned techniques directed and mixed in mono by the
Beatles own engineering maestro, Geoff Emerick. 

Hear how it was done, how it should be done, and how
many of the new artists want to do it in the future. Geoff
will be available to answer a few questions about the
recording of each track and, of course, more general
questions regarding the recording processes and the 
innovative contribution he and other Abbey Road wizards
made to the best ever album. 

APRS, The Association of Professional Recording Ser-
vices, promotes the highest standards of professionalism
and quality within the audio industry. Its members are
recording studios, postproduction houses, mastering,
replication, pressing, and duplicating facilities, and
providers of education and training, as well as record pro-
ducers, audio engineers, manufacturers, suppliers, and
consultants. Its primary aim is to develop and maintain
excellence at all levels within the UK’s audio industry.

Exhibitor Seminar
ES7 HEIL SOUND LTD. 
Friday, October 3, 4:30 pm – 5:30 pm
Room 121

Large Diameter Dynamic Microphones

Presenter: Bob Heil

The large diameter dynamic microphone brings to the
industry extended frequency responses, smooth pattern
coverage with no proximity effect problems, greater
dynamic range all without the overly sensitivity problems
of condensers and ribbons. A new technology of micro-
phone that can be used on live concert stages, serious
recording applications and in network broadcast studios.

Exhibitor Seminar
ES8 TUBESURROUND CO. 
Friday, October 3, 4:30 pm – 5:30 pm
Room 122

World's First and Only Personal TubeSurround
Sound Headphone System

Presenter: Yul Anderson

The Future Is Surround ... Now you're in it!  Real
Surround Must Go Around. We must deliver to the cus-
tomer the solution. Real Surround must be heard from at
least 3 positions around the head of the listener. 2-cup
headphones with 2 signals cannot emit surround sound
signals from 5 channels. The headphone industry must
meet the new demands of the consumer and change to
TubeSurround Sound Headphone System 6 built-in tubu-
lar technology. Think Personal TubeSurround!
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Yamaha Commercial Audio Training Sessionr
Friday, October 3, 4:30 pm – 6:00 pm
Room 120

Digital Networking for Sound Reinforcement 

Introduction to EtherSound technology featuring the
newest addition to the Yamaha product line—the SB168-
ES stagebox.

Friday, October 3 4:30 pm Room 220
Technical Committee Meeting on Perception and
Subjective Evaluation of Audio

Friday, October 3 4:30 pm Room 232
Standards Committee Meeting SC-04-04 Microphone
Measurement and Characterization

Session P12 Friday, October 3
5:00 pm – 6:30 pm Outside Room 238

POSTERS: AMPLIFIERS AND AUTOMOTIVE AUDIO

5:00 pm

P12-1 Imperfections and Possible Advances in
Analog Summing Amplifier Design—Milan
Kovinic,1 Dragan Drincic,2 Sasha Jankovic3
1MMK Instruments, Belgrade, Serbia 
2Advanced School for Electrical & Computer 
Engineering, Belgrade, Serbia 

3OXYGEN-Digital, Parkgate Studio, Sussex, UK

The major requirement in the design of the ana-
log summing amplifier is the quality of the sum-
ming bus. The key problem in most common 
designs is the artifact of summing bus imped-
ance, which cannot be considered as true physi-
cal impedance, because it has been generated
by negative feedback. The loop gain of the am-
plifier used will limit the performance at higher
audio frequencies where the loop gain is lower,
increasing the channels cross talk. The 
inevitable effect of heavy feedback is the 
increased susceptibility of the amplifier to oscil-
late as well as sensitivity to RFI. The advanced
solution, presented in this paper, could be seen
in the usage of the transistor common-base pair
(CB-CB) configuration as a summing bus. The
CB pair offers inherent low-input impedance,
low-noise, very good frequency response, and,
very importantly, makes the application of total
feedback not necessarily.
Convention Paper 7569

5:00 pm

P12-2 A Switchmode Power Supply Suitable for 
Audio Power Amplifiers—Jay Gordon, Factor
One Inc., Keyport, NJ, USA

Power supplies for audio amplifiers have differ-
ent requirements than typical commercial power
supplies. A tabulation of power supply parame-
ters that affect the audio application is presented
and discussed. Different types of audio ampli-
fiers are categorized and shown to have different
requirements. Over time new technologies have
emerged that affect the implementation of AC to
DC converters used in audio amplifiers. A brief
history of audio power supply technology is pre-

sented. The evolution of the newly proposed 
interleaved boost with LLC resonant half bridge
topology from preceding technologies is shown.
The operation of the new topology is explained
and its advantages are shown by a simulation of
the circuit.
Convention Paper 7570

5:00 pm

P12-3 On the Optimization of Enhanced Cascode—
Dimitri Danyuk, Consultant, Miami, FL, USA

Twenty years ago enhanced cascode and other
circuit topologies based on the same design
principles were presented to audio amplifier de-
signers. The circuit was supposed to be incorpo-
rated in transconductance gain stages and cur-
rent sources. Enhanced cascode was used in
some commercial products but have not 
received wide adoption. It was speculated that
enhanced cascode has reduced phase margin
and at times higher distortion being compared to
conventional cascode. Enhanced cascode is 
analyzed on the basis of distortion and frequen-
cy response. It is shown how to make the most
of enhanced cascode. Optimized novel circuit
topology is presented.
Convention Paper 7571

5:00 pm

P12-4 An Active Load and Test Method for 
Evaluating the Efficiency of Audio Power 
Amplifiers—Harry Dymond, Phil Mellor, 
University of Bristol, Bristol, UK

This paper presents the design, implementation,
and use of an “active load” for audio power 
amplifier efficiency testing. The active load can
simulate linear complex loads representative of
real-world amplifier operation with a load modu-
lus between 4 and 50 ohms inclusive, load
phase-angles between –60° and +60° inclusive,
and operates from 20 to 20,000 Hz. The active
load allows for the development of an automated
test procedure for evaluating the efficiency of an
audio power amplifier across a range of output
voltage amplitudes, load configurations, and out-
put signal frequencies. The results of testing a
class-B and a class-D amplifier, each rated at
100 watts into 8 ohms, are presented.
Convention Paper 7572

5:00 pm

P12-5 An Objective Method of Measuring 
Subjective Click-and-Pop Performance 
for Audio Amplifiers —Kymberly Christman
(Schmidt), Maxim Integrated Products, 
Sunnyvale, CA, USA

Click-and-pop refers to any “clicks” and “pops” or
other unwanted, audio-band transient signals
that are reproduced by headphones or loud-
speakers when the audio source is turned on or
off. Until recently, the industry’s characterization
of this undesirable effect has been almost purely
subjective. Marketing phrases such as “low pop
noise” and “clickless/popless operation” illustrate
the subjectivity applied in quantifying click-and-
pop performance. This paper presents a method
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that objectively quantifies this parameter, allow-
ing meaningful, repeatable comparisons to be
drawn between different components. Further,
results of a subjective click-and-pop listening
test are presented to provide a baseline for 
objectionable click-and-pop levels in headphone
amplifiers.
Convention Paper 7573

5:00 pm

P12-6 Effective Car Audio System Enabling 
Individual Signal Processing Operations 
of Coincident Multiple Audio Sources
through Single Digital Audio Interface Line—
Chul-Jae Yoo, In-Sik Ryu, Hyundai Autonet,
South Korea

There are three major audio sources in recent
car environments: primary audio (usually music
including radio), navigation voice prompt, and
hands-free voice. Listening situations in cars 
include not only listening to a single audio
source, but also listening to concurrent multiple
audio sources—for example, navigation guided
as listening music and navigation guided or lis-
tening music as talking on a hands-free cell
phone. In this paper a conventional external 
amplifier system connected with a head unit by
three audio interface lines was introduced. Then,
an effective automotive audio system having sin-
gle SPDIF interface line that is capable of con-
current processing of the above three kinds of
audio sources was proposed. The new system
leads to a reduced wire harness in car environ-
ments and also increases voice qualities by
transmitting voice signals via an SPDIF digital
line compared with that via analog lines.
Convention Paper 7574

5:00 pm

P12-7 Digital Equalization of Automotive Sound
Systems Employing Spectral Smoothed FIR
Filters—Marco Binelli, Angelo Farina, University
of Parma, Parma, Italy

In this paper we investigate the usage of spec-
tral smoothed FIR filters for equalizing a car 
audio system. The target is also to build short fil-
ters that can be processed on DSP processors
with limited computing power. The inversion 
algorithm is based on the Nelson-Kirkeby
method and on independent phase and magni-
tude smoothing, by means of a continuous
phase method as Panzer and Ferekidis showd.
The filter is aimed to create a "target" frequency
response, not necessarily flat, employing a short
number of taps and maintaining good perfor-
mances everywhere inside the car’s cockpit. As
shown also by listening tests, smoothness, and
the choice of the right frequency response 
increase the performances of the car audio 
systems.
Convention Paper 7575
[Paper presented by Angelo Farina]

5:00 pm

P12-8 Implementation of a Generic Algorithm 
on Various Automotive Platforms—Thomas

Esnault, Jean-Michel Raczinski, Arkamys, Paris,
France

This paper describes a methodology to adapt a
generic automotive algorithm to various embed-
ded platforms while keeping the same audio ren-
dering. To get over the limitations of the target
DSPs, we have developed tools to control the
transition from one platform to another including
algorithm adaptation and coefficients computing.
Objective and subjective validation processes 
allow us to certify the quality of the adaptation.
With this methodology, productivity has been 
increased in an industrial context.
Convention Paper 7576

5:00 pm

P12-9 Advanced Audio Algorithms for a Real 
Automotive Digital Audio System—Stefania
Cecchi,1 Lorenzo Palestini,1 Paolo Peretti,1
Emanuele Moretti,1 Francesco Piazza,1 Ariano
Lattanzi,2 Ferruccio Bettarelli2
1Università Politecnica delle Marche, Ancona, 
Italy

2Leaff Engineering, Porto Potenza Picena (MC), 
Italy

In this paper an innovative modular digital audio
system for car entertainment is proposed. The
system is based on a plug-in-based software
(real-time) framework allowing reconfigurability
and flexibility. Each plug-in is dedicated to a par-
ticular audio task such as equalization and
crossover filtering, implementing innovative algo-
rithms. The system has been tested on a real
car environment, with a hardware platform com-
prising professional audio equipments, running
on a PC. Informal listening tests have been per-
formed to validate the overall audio quality, and
satisfactory results were obtained.
Convention Paper 7577
[Paper will be presented by Emanuele Moretti]

Workshop 7 Friday, October 3
5:00 pm – 6:30 pm Room 131

SAME TECHNIQUES, DIFFERENT TECHNOLOGIES—
RECURRING STRATEGIES FOR PRODUCING GAME,
WEB, AND MOBILE AUDIO

Chair: Peter Drescher

Panelists: Steve Horowitz, NickOnline
George "The Fatman" Sanger, Legendary 
Game Audio Guru
Guy Whitmore, Microsoft Game Studio

When any new technology develops, the limitations of
current systems are inevitably met. Bandwidth con-
straints then generate a class of techniques designed to
maximize information transfer. Over time as bottlenecks
expand, new kinds of applications become possible,
making previous methods and file formats obsolete. By
the time broadband access becomes available, we can
observe a similar progression taking place in the next 
developing technology. The workshop discusses this
trend as exhibited in the gaming, Internet, and mobile 
industries, with particular emphasis on audio file types
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and compression techniques. The presenter will com-
pare and contrast obsolete tricks of the trade with current
practices and invite industry veterans to discuss the
trend from their points of view. Finally the panel makes
predictions about the evolution of media.

Workshop 8 Friday, October 3
5:15 pm – 6:45 pm Room 206

LOW FREQUENCY MEASUREMENTS 
OF LOUDSPEAKERS

Chair: Scott Orth

Panelists: Marshall Buck
David Clark
Laurie Fincham
Don Keele
Steve Temme

Measuring the low end of a loudspeaker is a difficult
task.  Given the wavelengths involved, most indoor
spaces conspire to create a less than ideal environment.
In this workshop, industry experts will present some of
the practical methods used to perform measurements
under these circumstances.  Pros and cons of these
methods and others will be discussed. Correlation 
between measurement and model will also be discussed.
CEA2010 is a consumer oriented standard recently 
released by the CEA which specifies the performance of
subwoofers.  We will examine this standard and how
measurements for it are conducted.

Tutorial 8 Friday, October 3
5:30 pm – 6:45 pm Room 236

FREE SOURCE CODE FOR PROCESSING 
AES AUDIO DATA

Presenter: Reed Tidwell, Xilinx, San Jose, CA, USA

This session is a tutorial on the Xilinx free Verilog and
VHDL source code for extracting and inserting audio in
SDI streams, including “on the fly” error correction and
high performance, continuously adaptive, asynchronous
sample rate conversion. The audio sample rate conver-
sion supports large ratios as well as fractional conversion
rates and maintains high performance while continuously
adapting itself to the input and output rates without user
control. The features, device utilization, and performance
of the IP will be presented and demonstrated with 
industry standard audio hardware.

Friday, October 3 5:30 pm Room 220
Technical Committee Meeting on High Resolution
Audio

Special Event
OPEN HOUSE OF THE TECHNICAL COUNCIL 
AND THE RICHARD C. HEYSER MEMORIAL LECTURE
Friday, October 3, 7:00 pm – 8:00 pm
Room 134

Lecturer: Floyd Toole

The Heyser Series is an endowment for lectures by emi-
nent individuals with outstanding reputations in audio 
engineering and its related fields. The series is featured
twice annually at both the United States and European

AES conventions. Established in May 1999, The Richard
C. Heyser Memorial Lecture honors the memory of
Richard Heyser, a scientist at the Jet Propulsion Labora-
tory, who was awarded nine patents in audio and com-
munication techniques and was widely known for his
ability to clearly present new and complex technical
ideas. Heyser was also an AES governor and AES Silver
Medal recipient.

The Richard C. Heyser distinguished lecturer for the
125th AES Convention is Floyd Toole. Toole studied
electrical engineering at the University of New Brunswick
and at the Imperial College of Science and Technology,
University of London, where he received a Ph.D. In 1965
he joined the National Research Council of Canada,
where he reached the position of Senior Research Offi-
cer in the Acoustics and Signal Processing Group. In
1991, he joined Harman International Industries, Inc. as
Corporate Vice President – Acoustical Engineering. In
this position he worked with all Harman International
companies, and directed the Harman Research and 
Development Group, a central resource for technology
development and subjective measurements, retiring in
2007.

Toole’s research has focused on the acoustics and
psychoacoustics of sound reproduction in small rooms,
directed to improving engineering measurements, objec-
tives for loudspeaker design and evaluation, and tech-
niques for reducing variability at theloudspeaker/room/lis-
tener interface. For papers on these subjects he has
received two AES Publications Awards and the AES Sil-
ver Medal. He is a Fellow and Past President of the AES
and a Fellow of the Acoustical Society of America. In
September, 2008, he was awarded the CEDIA Lifetime
Achievement Award. He has just completed a book
Sound Reproduction: Loudspeakers and Rooms (Focal
Press, 2008). The title of his lecture is, “Sound Repro-
duction: Where We Are and Where We Need to Go.”

Over the past twenty years scientific research has
made considerable progress in identifying the significant
variables in sound reproduction and in clarifying the psy-
choacoustic relationships between measurements and
perceptions. However, this knowledge is not widespread,
and the audio industry remains burdened by unsubstanti-
ated practices and folklore. Oft repeated beliefs can have
status and influence commensurate with scientific facts.

One problem has been that much of the essential data
was obscured by disorder: the knowledge was buried in
papers in numerous books and journals, indexed under
many different topics, and sometimes a key point was
peripheral to the main subject of the paper. Assembling
and organizing the information was the purpose of his 
recent book, Sound Reproduction (Focal Press, 2008). It
turns out that we know a great deal about the acoustics
and psychoacoustics of loudspeakers in small rooms,
and this knowledge provides substantial guidance about
designing and integrating systems to provide high quality
sound reproduction.

However, what we hear over these installations is of
variable sound quality and, more importantly, not always
what was intended by the artists. Inconsistent and imper-
fect devices and practices in both the professional and
consumer domains result in mismatches between
recording and playback. Standards exist but are not 
often used. Many of them are fundamentally flawed. If
we in the audio industry are serious about our mission to
deliver the aural art in music and movies, as it was creat-
ed, to consumers, there is work to be done. It begins with
agreeing on the objectives, and is followed by an appli-
cation of the science we know.

Toole’s presentation will be followed by a reception
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hosted by the AES Technical Council.

Student and Career Development Event
STUDENT DINNER
Friday, October 3, 7:00 pm – ???
Chevy’s, 201 3rd St., San Francisco, CA

To welcome students to San Francisco, a dinner has
been organized for the evening on Friday, October 3 at 7
pm. The dinner will take place at Chevy's, located in
close proximity to the Moscone Center (201 3rd Street,
San Francisco, CA 94103). At the dinner, there will be
audio colleagues from all over the world. Of course,
everybody is welcome to this event.

Cost is $16 per person. Tickets are sold at SDA-1.
Dinner is buffet style and includes beef/chicken/veggie
enchiladas, tacos, rice/beans, salad.

Session P13 Saturday, October 4
9:00 am – 10:30 am Room 236

SPATIAL PERCEPTION

Chair: Richard Duda, San Jose State University, 
San Jose, CA, USA

9:00 am

P13-1 Individual Subjective Preferences for the 
Relationship between SPL and Different 
Cinema Shot Sizes—Roberto Munoz,1 Manuel
Recuero,2 Manuel Gazzo,1 Diego Duran1
1U. Tecnológica de Chile INACAP, Santiago, Chile
2Universidad Politécnica de Madrid, Madrid, Spain

The main motivation of this study was to find 
Individual Subjective Preferences (ISP) for the
relationship between SPL and different cinema
shot sizes. By means of the psychophysical
Method of Adjustment (MA), the preferred SPL
for four of the most frequently used shot sizes,
i.e., long shot, medium shot, medium close-up,
and close-up, was subjectively quantified. Also
using the Constant Stimulus Method, the per-
ferred difference of SPL for different combina-
tions of the above-mentioned shot sizes was
studied. The results of this study could be used
to develop sound mixing criteria for audio/visual
productions.
Convention Paper 7578

9:30 am

P13-2 Improvements to a Spherical Binaural 
Capture Model for Objective Measurement 
of Spatial Impression with Consideration 
of Head Movements—Chungeun Kim, Russell
Mason, Tim Brookes, University of Surrey, 
Guildford, Surrey, UK

This research aims, ultimately, to develop a sys-
tem for the objective evaluation of spatial im-
pression, incorporating the finding from a previ-
ous study that head movements are naturally
made in its subjective evaluation. A spherical
binaural capture model, comprising a head-sized
sphere with multiple attached microphones, has
been proposed. Research already conducted
found significant differences in interaural time
and level differences, and cross-correlation coef-
ficient, between this spherical model and a head

and torso simulator. It is attempted to lessen
these differences by adding to the sphere a tor-
so and simplified pinnae. Further analysis of the
head movements made by listeners in a range of
listening situations determines the range of head
positions that needs to be taken into account.
Analysis of these results inform the optimum po-
sitioning of the microphones around the sphere
model.
Convention Paper 7579

10:00 am

P13-3 Predicting Perceived Off-Center Sound
Degradation in Surround Loudspeaker 
Setups for Various Multichannel Microphone
Techniques—Nils Peters,1 Bruno Giordano,1
Sungyoung Kim,1 Jonas Braasch,2 Stephen
McAdams1
1McGill University, Montreal, Quebec, Canada 
2Rensselaer Polytechnic Institute, Troy, NY, USA

Multiple listening tests were conducted to exam-
ine the influence of microphone techniques on
the quality of sound reproduction. Generally,
testing focuses on the central listening position
(CLP), and neglects off-center listening posi-
tions. Exploratory tests focusing on the degrada-
tion in sound quality at off-center listening 
positions were presented at the 123rd AES Con-
vention. Results showed that the recording 
technique does influence the degree of sound
degradation at off-center positions. This paper
focuses on the analysis of the binaural 
re-recording at the different listening positions in
order to interpret the results of the previous lis-
tening tests. Multiple linear regression is used to
create a predictive model which accounts for
85% of the variance in the behavioral data. The
primary successful predictors were spectral and
the secondary predictors were spatial in nature.
Convention Paper 7580

Session P14 Saturday, October 4
9:00 am – 12:00 noon Room 222

LISTENING TESTS AND PSYCHOACOUSTICS

Chair: Poppy Crum, Johns Hopkins University, 
Baltimore, MD, USA

9:00 am

P14-1 Rapid Learning of Subjective Preference in
Equalization—Andrew Sabin, Bryan Pardo, 
Northwestern University, Evanston, IL, USA

We describe and test an algorithm to rapidly
learn a listener’s desired equalization curve.
First, a sound is modified by a series of equal-
ization curves. After each modification, the lis-
tener indicates how well the current sound 
exemplifies a target sound descriptor (e.g.,
“warm”). After rating, a weighting function is
computed where the weight of each channel
(frequency band) is proportional to the slope of
the regression line between listener responses
and within-channel gain. Listeners report that
sounds generated using this function capture
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their intended meaning of the descriptor. 
Machine ratings generated by computing the
similarity of a given curve to the weighting func-
tion are highly correlated to listener responses,
and asymptotic performance is reached after
only ~25 listener ratings.
Convention Paper 7581

9:30 am

P14-2 An Initial Validation of Individualized
Crosstalk Cancellation Filters for Binaural
Perceptual Experiments—Alastair Moore,1
Anthony Tew,1 Rozenn Nicol2
1University of York, York, UK
2France Télécom R&D, Lannion, France

Crosstalk cancellation provides a means of 
delivering binaural stimuli to a listener for psy-
choacoustic research that avoids many of the
problems of using headphone in experiments.
The aim of this study was to determine whether
individual crosstalk cancellation filters can be
used to present binaural stimuli, which are per-
ceptually indistinguishable from a real sound
source. The fast deconvolution with frequency
dependent regularization method was used to
design crosstalk cancellation filters. The repro-
duction loudspeakers were positioned at ±90-
degrees azimuth and the synthesized location
was 0-degrees azimuth. Eight listeners were
tested with three types of stimuli. In twenty-two
out of the twenty-four listener/stimulus combina-
tions there were no perceptible differences 
between the real and virtual sources. The results
suggest that this method of producing individual-
ized crosstalk cancellation filters is suitable for
binaural perceptual experiments.
Convention Paper 7582
[Winner of the AES Student Paper Award]

10:00 am

P14-3 Reverberation Echo Density 
Psychoacoustics—Patty Huang, Jonathan 
S. Abel, Hiroko Terasawa, Jonathan Berger,
Stanford University, Stanford, CA, USA

A series of psychoacoustic experiments were car-
ried out to explore the relationship between an
objective measure of reverberation echo density,
called the normalized echo density (NED), and
subjective perception of the time-domain texture
of reverberation. In one experiment, 25 subjects
evaluated the dissimilarity of signals having static
echo densities. The reported dissimilarities
matched absolute NED differences with an R2 of
93%. In a 19-subject experiment, reverberation
impulse responses having evolving echo densities
were used. With an R2 of 90% the absolute log
ratio of the late field onset times matched reported
dissimilarities between impulse responses. In a
third experiment, subjects reported breakpoints in
the character of static echo patterns at NED val-
ues of 0.3 and 0.7.
Convention Paper 7583

10:30 am

P14-4 Optimal Modal Spacing and Density 

for Critical Listening—Bruno Fazenda,
Matthew Wankling, University of Huddersfield,
Huddersfield, West Yorkshire, UK

This paper presents a study on the subjective 
effects of modal spacing and density. These are
measures often used as indicators to define par-
ticular aspect ratios and source positions to
avoid low frequency reproduction problems in
rooms. These indicators imply a given modal
spacing leading to a supposedly less problemat-
ic response for the listener. An investigation into
this topic shows that subjects can identify an op-
timal spacing between two resonances associat-
ed with a reduction of the overall decay. Further
work to define a subjective counterpart to the
Schroeder Frequency has revealed that an in-
crease in density may not always lead to an im-
provement, as interaction between mode-shapes
results in serious degradation of the stimulus,
which is detectable by listeners.
Convention Paper 7584

11:00 am

P14-5 The Illusion of Continuity Revisited on Filling
Gaps in the Saxophone Sound—Piotr
Kleczkowski, AGH University of Science and
Technology, Cracow, Poland

Some time-frequency gaps were cut from a
recording of a motif played legato on the saxo-
phone. Subsequently, the gaps were filled with
various sonic material: noises and sounds of an
accompanying band. The quality of the saxo-
phone sound processed in this way was investi-
gated by listening tests. In all of the tests, the
saxophone seemed to continue through the
gaps, an impairment in quality being observed
as a change in the tone color or an attenuation
of the sound level. There were two aims of this
research. First, to investigate whether the conti-
nuity illusion contributed to this effect, and sec-
ond, to discover what kind of sonic material fill-
ing the gaps would cause the least deterioration
in sound quality.
Convention Paper 7585
[Paper presented by Poppy Crum]

11:30 am

P14-6 The Incongruency Advantage for Sounds in 
Natural Scenes—Brian Gygi,1 Valeriy Shafiro2
1Veterans Affairs Northern California Health Care
System, Martinez, CA, USA 

2Rush University Medical Center, Chicago, IL, USA

This paper tests identification of environmental
sounds (dogs barking or cars honking) in familiar
auditory background scenes (street ambience,
restaurants). Initial results with subjects trained
on both the background scenes and the sounds
to be identified showed a significant advantage
of about 5% better identification accuracy for
sounds that were incongruous with the back-
ground scene (e.g., a rooster crowing in a hospi-
tal). Studies with naïve listeners showed this 
effect is level-dependent: there is no advantage
for incongruent sounds up to a Sound/Scene ra-
tio (So/Sc) of –7.5 dB, after which there is again
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about 5% better identification. Modeling using
spectral-temporal measures showed that salien-
cy based on acoustic features cannot account
for this difference.
Convention Paper 7586

[Convention Paper 7587 was a late cancelation]

Session P15 Saturday, October 4
9:00 am – 10:30 am Outside Room 238

POSTERS: LOUDSPEAKERS, PART 1

9:00 am

P15-1 Advanced Passive Loudspeaker Protection—
Scott Dorsey, Kludge Audio, Williamsburg, VA,
USA

In a follow-on to a previous conference paper
(AES Convention Paper 5881), the author 
explores the use of polymeric positive tempera-
ture coefficient (PPTC) protection devices that
have a discontinuous I/V curve that is the result
of a physical state change. He gives a simple
model for designing networks employing incan-
descent lamps and PPTC devices together to
give linear operation at low levels while providing
effective limiting at higher levels to prevent loud-
speaker damage. Some discussion of applica-
tions in current service is provided.
Convention Paper 7588

9:00 am

P15-2 Target Modes in Moving Assemblies of 
Compression Drivers and Other Loudspeakers
—Fernando Bolaños, Pablo Seoane, Acústica
Beyma S.A., Valencia, Spain

This paper deals with how the important modes
in a moving assembly of compression drivers
and other loudspeakers can be found. Dynamic
importance is an essential tool for those who
work on modal analysis of systems with many
degrees of freedom and complex structures. The
important modes calculation or measurement in
moving assemblies is an objective (absolute)
method to find the relevant modes that act on
the dynamics of these transducers. Our paper
discusses axial modes and breath modes, which
are basic for loudspeakers. The model general-
ized masses and the participation factors are
useful tools to find the moving assemblies impor-
tant modes (target modes). The strain energy of
the moving assembly, which represents the
amount of available potential energy, is essential
as well.
Convention Paper 7589

9:00 am

P15-3 Determining Manufacture Variation in 
Loudspeakers Through Measurement of
Thiele/Small Parameters—Scott Laurin, 
Karl Reichard, Pennsylvania State University, 
State College, PA, USA

Thiele/Small parameters have become a stan-
dard for characterizing loudspeakers. Using fair-
ly straightforward methods, the Thiele/Small 
parameters for twenty nominally identical loud-

speakers were determined. The data were com-
piled to determine the manufacturing variations.
Manufacturing tolerances can have a large im-
pact on the variability and quality of loudspeak-
ers produced. Generally, when more stringent
tolerances are applied, there is less variation
and drivers become more expensive. Now that
the loudspeakers have been characterized, each
one will be driven to failure. Some loudspeakers
will be intentionally degraded to accelerate fail-
ures. The goal is to correlate variation in the
Thiele/Small parameters with variation in speak-
er failure modes and operating life.
Convention Paper 7590

9:00 am

P15-4 About Phase Optimization in Multitone 
Excitations—Delphine Bard, Vincent Meyer,
University of Lund, Lund, Sweden

Multitone signals are often used as excitation for
the characterization of audio systems. The fre-
quency spectrum of the response consists of
harmonics of the frequencies contained in the
excitation and intermodulation products. Besides
the choice of frequencies, in order to avoid fre-
quency overlapping, there is also the need to
chose adequate magnitudes and phases for the
different components that constitute the multi-
tone signal. In this paper we will investigate how
the choice of the phases will impact the proper-
ties of the multitone signal, but also how it will af-
fect the performances of a compensation
method based on Volterra kernels and using
multitone signals as an excitation.
Convention Paper 7591
[Paper 7591 was not presented but is available
for purchase]

9:00 am

P15-5 Viscous Friction and Temperature Stability of
the Mid-High Frequency Loudspeaker—Ivan
Djurek,1 Antonio Petosic,1 Danijel Djurek2
1University of Zagreb, Zagreb, Croatia 
2Alessandro Volta Applied Ceramics (AVAC), 
Zagreb, Croatia

Mid-high frequency loudspeakers behave quite
differently as compared to low-frequency units,
regarding effects coming from the surrounding
air medium. Previous work stressed high influ-
ence of the imaginary part of the viscous force,
which significantly affects the resonance fre-
quency of mid-high frequency loudspeakers. Vis-
cous force is relatively highly dependent on tem-
perature and humidity of the surrounding air, and
in this paper we have evaluated how changes in
temperature and humidity reflect to the loud-
speaker's linearity, which may be significant for
the quality of sound reproduction.
Convention Paper 7592

9:00 am

P15-6 Calorimetric Evaluation of Intrinsic Friction 
in the Loudspeaker Membrane—Antonio
Petosic,1 Ivan Djurek,1 Danijel Djurek2
1University of Zagreb, Zagreb, Croatia 
2Alessandro Volta Applied Ceramics (AVAC), 
Zagreb, Croatia
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Friction losses in the vibrating system of an elec-
trodynamic loudspeaker are represented by the
intrinsic friction Ri, which enters the equation of
motion, and these losses are accompanied by 
irreversible release of the heat. A method is pro-
posed for measurement of the friction losses in
the loudspeaker's membrane by measurement
of the thermocouple temperature probe glued to
the membrane. Temperature on the membrane
surface fluctuates stochastically as a result of
thermo-elastic coupling in the membrane materi-
al. Evaluation of the amplitude in the tempera-
ture fluctuations enables an absolute and direct
evaluation of intrinsic friction Ri entering friction
force F=Ri·v(x), irrespective of the nonlinearity
type and strength associated with the loud-
speaker operation.
Convention Paper 7593

9:00 am

P15-7 Phantom Powering the Modern Condenser
Microphone: A Practical Look at Conditions
for Optimized Performance—Mark Zaim,
Tadashi Kikutani, Jackie Green, Audio-Technica
U.S., Inc.

Phantom Powering a microphone is a decades
old concept with powering conventions and
methods that may have become obsolete, inef-
fective, or inefficient. Modern sound techniques,
including those of live sound settings, now use
many condenser microphones in settings that
were previously dominated by dynamics. As a
prerequisite for considering a modern phantom
power specification or method, we study the effi-
ciencies and requirements of microphones in
typical multiple mic and high SPL settings in or-
der to gain understanding of circuit and design
requirements for the maximum dynamic range
performance.
Convention Paper 7594

Workshop 9 Saturday, October 4
9:00 am – 10:30 am Room 206

LOW FREQUENCY ACOUSTIC ISSUES IN SMALL 
CRITICAL LISTENING ENVIRONMENTS

Chair: John Storyk, Walters Storyk Design Group

Panelists: Renato Cipriano
Dave Kotch

Increasing real estate costs coupled with the reduced
size of current audio control room equipment have dra-
matically impacted the current generation of recording
studios. Small room environments (those under 300 s.f.)
are now the norm for studio design. These rooms, partic-
ularly in view of current 5.1 audio requirements, create
special challenges, associated with low frequency audio
response in an ever expanding listening sweet spot. Real
world conditions and result data will be presented for
Ovesan Studios (New York), Roc the Mic Studios (New
York), and Diante Do Trono (Brazil). 

Broadcast Session 7 Saturday, October 4
9:00 am – 10:45 am Room 133

DTV AUDIO MYTH BUSTERS

Chair: Andy Butler, PBS

Panelists: Robert Bleidt, Fraunhofer USA Digital Media 
Technologies
Tim Carroll, Linear Acoustic, Inc.
Ken Hunold, Dolby Laboratories
David Wilson, Consumer Electronics 
Association

There is no limit to the confusion created by the audio
options in DTV. What do the systems really do? What
happens when the systems fail? How much control can
be exercised at each step in the content food chain?
There are thousands of opinions and hundreds of 
options, but what really works and how do you keep
things under control? Bring your questions and join the
discussion as four experts from different stages in the
chain try to sort it out.

Tutorial 9 Saturday, October 4
9:00 am – 10:45 am Room 130

HOW I DOES FILTERS: AN UNEDUCATED PERSON’S
WAY TO DESIGN HIGHLY REGARDED DIGITAL
EQUALIZERS AND FILTERS

Presenter: Peter Eastty, Oxford Digital Limited, 
Oxfordshire, UK

Much has been written in many learned papers about the
design of audio filters and equalizers, this is NOT anoth-
er one of those. The presenter is a bear of little brain and
has over the years had to reduce the subject of digital 
filtering into bite-sized lumps containing a number of sim-
ple recipes that have got him through most of his profes-
sional life. Complete practical implementations of high
pass and low pass multi-order filters, bell (or presence)
filters, and shelving filters including the infrequently seen
higher order types. The tutorial is designed for the com-
plete novice, it is light on mathematics and heavy on 
explanation and visualization—even so, the provided
code works and can be put to practical use.

Tutorial 10 Saturday, October 4
9:00 am – 10:30 am Room 134

NEW TECHNOLOGIES FOR UP TO 7.1 CHANNEL 
PLAYBACK IN ANY GAME CONSOLE FORMAT

Presenter: Geir Skaaden, Neural Audio Corp., Kirkland, 
WA, USA

This tutorial investigates methods for increasing the
number of audio channels in a gaming console beyond
its current hardware limitations. The audio engine within
a game is capable of creating a 360 8 environment, how-
ever, the console hardware uses only a few channels to
represent this world. If home playback systems are com-
monly able to reproduce up to 7.1 channels, how do
game developers increase the number of playback chan-
nels for a platform that is limited to 2 or 5 outputs? New 
encoding technologies make this possible. Descriptions
of current methods will be made in addition to new con-
sole independent technologies that run within the game
engine. Game content will be used to demonstrate the
encode/decode process.

Live Sound Seminar 7 Saturday, October 4
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9:00 am – 10:45 am Room 131

10 THINGS TO GET RIGHT IN PA 
AND SOUND REINFORCEMENT

Chair: Peter Mapp, Peter Mapp Associates, 
Colchester, UK

This Live Sound Event will discuss the 10 most important
things to get right when designing/operating sound rein-
forcement and PA systems. However, as attendees at
the event will learn, there are many more things to con-
sider than just the 10 golden rules, and that the order of
importance of these often changes depending upon the
venue and type of system. We aim to provide a practical
approach to sound systems design and operation and
will be illustrated with many practical examples and case
histories. Each panelist has many years of practical 
experience and between them can cover just about any
aspect of sound reinforcement and PA systems design,
operation, and technology. Come along to an event that
aims to answer questions you never knew you had—but
of course, to find out the 10 most important ones, you will
have to attend the session!

Student and Career Development Event
CAREER/JOB FAIR
Saturday, October 4, 9:00 am – 11:00 am
Concourse

The Career/Job Fair will feature several companies from
the exhibit floor. All attendees of the convention, stu-
dents and professionals alike, are welcome to come visit
with representatives from the companies and find out
more about job and internship opportunities in the audio
industry. Bring your resume!

Saturday, October 4 9:00 am Room 220
Technical Committee Meeting on Archiving 
Restoration and Digital Libraries

Saturday, October 4 9:00 am Room 232
Standards Committee Meeting SC-03-01 Analog
Recording

Student and Career Development Event
LISTENING SESSION
Saturday, October 4, 10:00 am – 11:00 am
Room 125

Students are encouraged to bring in their projects to a
non competitive listening session for feedback and com-
ments from Dave Greenspan, a panel, and audience.
Students will be able to sign up at the first SDA meeting
for time slots. Students who are finalists in the Recording
Competition are excluded from this event to allow others
who were not finalists the opportunity for feedback.

Saturday, October 4 10:00 am Room 220
Technical Committee Meeting on Hearing and 
Hearing Loss Prevention

Saturday, October 4 10:00 am Room 232
Standards Committee Meeting SC-02-12 Audio 
Applications of IEEE 1394

Session P16 Saturday, October 4
10:30 am – 1:00 pm Room 236

SPATIAL AUDIO QUALITY
[WITH PLAYBACK DEMONSTRATION ON SUNDAY, 9:00 AM]

Chair: Francis Rumsey, University of Surrey, 
Guildford, Surrey, UK

10:30 am

P16-1 QESTRAL (Part 1): Quality Evaluation of 
Spatial Transmission and Reproduction 
Using an Artificial Listener—Francis Rumsey,1
Slawomir Zielinski,1 Philip Jackson,1 Martin 
Dewhirst,1 Robert Conetta,1 Sunish George,1
Søren Beck,2 David Meares3
1University of Surrey, Guildford, Surrey, UK
2Bang & Olufsen a/s, Struer, Denmark
3DJM Consultancy, Sussex, UK

Most current perceptual models for audio quality
have so far tended to concentrate on the audibil-
ity of distortions and noises that mainly affect the
timbre of reproduced sound. The QESTRAL
model, however, is specifically designed to take
account of distortions in the spatial domain such
as changes in source location, width, and envel-
opment. It is not aimed only at codec quality
evaluation but at a wider range of spatial distor-
tions that can arise in audio processing and 
reproduction systems. The model has been cali-
brated against a large database of listening tests
designed to evaluate typical audio processes,
comparing spatially degraded multichannel au-
dio material against a reference. Using a range
of relevant metrics and a sophisticated multivari-
ate regression model, results are obtained that
closely match those obtained in listening tests.
Convention Paper 7595

11:00 am

P16-2 QESTRAL (Part 2): Calibrating the QESTRAL
Model Using Listening Test Data—Robert
Conetta,1 Francis Rumsey,1 Slawomir Zielinski,1
Philip Jackson,1 Martin Dewhirst,1 Søren Beck,2
David Meares,3 Sunish George1
1University of Surrey, Guildford, Surrey, UK
2Bang & Olufsen a/s, Struer, Denmark
3DJM Consultancy, Sussex, UK

The QESTRAL model is a perceptual model that
aims to predict changes to spatial quality of ser-
vice between a reference system and an 
impaired version of the reference system. To
achieve this, the model required calibration 
using perceptual data from human listeners. This
paper describes the development, implementa-
tion, and outcomes of a series of listening exper-
iments designed to investigate the spatial quality
impairment of 40 processes. Assessments were
made using a multi-stimulus test paradigm with a
label-free scale, where only the scale polarity is
indicated. The tests were performed at two lis-
tening positions, using experienced listeners.
Results from these calibration experiments are
presented. A preliminary study on the process of
selecting of stimuli is also discussed.
Convention Paper 7596

11:30 am

P16-3 QESTRAL (Part 3): System and Metrics for
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Spatial Quality Prediction—Philip Jackson,1
Martin Dewhirst,1 Rob Conetta,1 Slawomir
Zielinski,1 Francis Rumsey,1 David Meares,2
Søren Bech,3 Sunish George1
1University of Surrey, Guildford, Surrey, UK
2DJM Consultancy, Sussex, UK 
3Bang & Olufsen A/S, Struer, Denmark 

The QESTRAL project aims to develop an artifi-
cial listener for comparing the perceived quality
of a spatial audio reproduction against a refer-
ence reproduction. This paper presents imple-
mentation details for simulating the acoustics of
the listening environment and the listener's audi-
tory processing. Acoustical modeling is used to
calculate binaural signals and simulated micro-
phone signals at the listening position, from
which a number of metrics corresponding to dif-
ferent perceived spatial aspects of the repro-
duced sound field are calculated. These metrics
are designed to describe attributes associated
with location, width, and envelopment attributes
of a spatial sound scene. Each provides a mea-
sure of the perceived spatial quality of the im-
paired reproduction compared to the reference
reproduction. As validation, individual metrics
from listening test signals are shown to match
closely subjective results obtained, and can be
used to predict spatial quality for arbitrary sig-
nals.
Convention Paper 7597

12:00 noon

P16-4 QESTRAL (Part 4): Test Signals, Combining
Metrics and the Prediction of Overall Spatial
Quality—Martin Dewhirst,1 Robert Conetta,1
Francis Rumsey,1 Philip Jackson,1 Slawomir
Zielinski,1 Sunish George,1 Søren Beck,2 David
Meares3
1University of Surrey, Guildford, Surrey, UK 
2Bang & Olufsen A/S, Struer, Denmark 
3DJM Consultancy, Sussex, UK

The QESTRAL project has developed an artifi-
cial listener that compares the perceived quality
of a spatial audio reproduction to a reference re-
production. Test signals designed to identify dis-
tortions in both the foreground and background
audio streams are created for both the refer-
ence and the impaired reproduction systems.
Metrics are calculated from these test signals
and are then combined using a regression mod-
el to give a measure of the overall perceived
spatial quality of the impaired reproduction com-
pared to the reference reproduction. The results
of the model are shown to match closely the 
results obtained in listening tests. Consequently,
the model can be used as an alternative to lis-
tening tests when evaluating the perceived spa-
tial quality of a given reproduction system, thus
saving time and expense.
Convention Paper 7598

12:30 pm

P16-5 An Unintrusive Objective Model for Predict-
ing the Sensation of Envelopment Arising
from Surround Sound Recordings—Sunish
George,1 Slawomir Zielinski,1 Francis Rumsey,1
Robert Conetta,1 Martin Dewhirst,1 Philip 

Jackson,1 David Meares,2 Søren Bech3
1University of Surrey, Guildford, Surrey, UK 
2DJM Consultancy, Sussex, UK 
3Bang & Olufsen A/S, Struer, Denmark

This paper describes the development of an 
unintrusive objective model, developed indepen-
dently as a part of QESTRAL project, for predict-
ing the sensation of envelopment arising from
commercially available 5-channel surround
sound recordings. The model was calibrated 
using subjective scores obtained from listening
tests that used a grading scale defined by audi-
ble anchors. For predicting subjective scores, a
number of features based on Inter-Aural Cross
Correlation (IACC), Karhunen-Loeve Transform
(KLT), and signal energy levels were extracted
from recordings. The ridge regression technique
was used to build the objective model, and a cal-
ibrated model was validated using a listening
test scores database obtained from a different
group of listeners, stimuli, and location. The ini-
tial results showed a high correlation between
predicted and actual scores obtained from listen-
ing tests.
Convention Paper 7599

Exhibitor Seminar
ES9 MEYER SOUND 
Saturday, October 4, 10:30 am – 12:30 pm
Room 121

Constellation Electroacoustic Architecture: 
Theory and Practice

Presenter: Steve Ellison

Meyer Sound’s Constellation electroacoustic architecture
is a system that combines the natural acoustics of a
space with powerful technology to create acoustics with
natural characteristics and broad flexibility. The princi-
ples of the system are explored with detailed system
examples to show how a wide range of venue acoustics
have been transformed by Constellation.

Yamaha Commercial Audio Training Sessionr
Saturday, October 4, 10:30 am – 11:30 am
Room 120

Digital Mixing for Sound Reinforcement  

Targeted for analog users, this class teaches the bene-
fits of digital mixing and covers recording options, transi-
tioning from analog, and includes hands-on experience.

Broadcast Session 8 Saturday, October 4
11:00 am – 1:00 pm Room 206

THE LIP SYNC ISSUE

Chair: Jonathan S. Abrams, Nutmeg Audio Post

Panelists: Scott Anderson, Syntax-Brillian
Richard Fairbanks, Pharoah Editoial, Inc.
David Moulton, Sausalito Audio, LLC
Kent Terry, Dolby Laboratories

This is a complex problem, with several causes and few-
er solutions. From production to broadcast, there are
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many points in the signal path and postproduction
process where lip sync can either be properly corrected,
or made even worse.

This session’s panel will discuss several key issues.
Where do the latency issues exist in postproduction?
Where do they exist in broadcast? Is there an acceptable
window of latency? How can this latency be measured?
What correction techniques exist? Does one type of
video display exhibit less latency than another? What is
being done in display design to address the latency?
What proposed methods are on the horizon for address-
ing this issue in the future?

Join us as our panel covers the field from measure-
ment, to post, to broadcast, and to the home.

Tutorial 11 Saturday, October 4
11:00 am – 12:00 noon Room 130

AUDIO PRESERVATION AT THE NATIONAL AUDIO-
VISUAL CONSERVATION CENTER (NAVCC)

[CANCELLED]

Live Sound Seminar 8 Saturday, October 4
11:00 am – 1:00 pm Room 131

GOOD MIC TECHNIQUE—IT’S NOT JUST FOR THE
STUDIO: MICROPHONE SELECTION AND USAGE
FOR LIVE SOUND

Chair: Dean Giavaras, Shure Incorporated, Niles, 
IL, USA

Panelists: Richard Bataglia
Phil Garfinkel, Audix USA
Mark Gilbert
Dan Healy
Dave Rat, Rat Sound

While there are countless factors that contribute to a
good sounding live event, selecting, placing, and using
microphones well can make the difference between a
pleasant event and a sonic nightmare. Every sound pro-
fessional has their own approach to microphone tech-
nique. This live sound event will feature a panel of 
experts from microphone manufacturers and sound rein-
forcement providers who will discuss their tips, tricks,
and experience for getting the job done right at the start
of the signal path. We will address conventional and non-
conventional techniques and share some interesting sto-
ries from the trenches hopefully giving everyone a few
new ideas to try on their next event. Using good mic
technique will ultimately give the live engineer more time
and energy to concentrate on taming the rest of the sig-
nal chain and maybe even making it to catering! 

Student and Career Development Event
EDUCATION FORUM PANEL
Saturday, October 4, 11:00 am – 1:00 pm
Room 133

Moderator: Jason Corey, University of Michigan

Panelists: Steven Bellamy, Humber College
S. Benjamin Kanters, Columbia College 
Chicago
John Krivit, New England Institute of Art

Education and the Evolution of the Professional 

Audio Industry

Educators will discuss the changing landscape of profes-
sional audio technology and industry and the effects on
course and curriculum design. Panelists will discuss
questions such as: What aspects of audio education
need to change to meet new demands in the profession-
al audio industry? How do we best prepare students for
professional audio work now and in the future? What 
aspects of audio education need to remain the same?
Audience questions and comments will be encouraged to
form an open discussion among all who attend.

Saturday, October 4 11:00 am Room 220
Technical Committee Meeting on Human Factors in 
Audio Systems

Session P17 Saturday, October 4
11:30 am – 1:00 pm Outside Room 238

POSTERS: LOUDSPEAKERS, PART 2

11:30 am

P17-1 Accuracy Issues in Finite Element Simulation
of Loudspeakers—Patrick Macey, PACSYS
Limited, Nottingham, UK

Finite element-based software for simulating
loudspeakers has been around for some time
but is being used more widely now, due to 
improved solver functionality, faster hardware,
and improvements in links to CAD software and
other preprocessing improvements. The analyst
has choices to make in what techniques to 
employ, what approximations might be made,
and how much detail to model.
Convention Paper 7600

11:30 am

P17-2 Nonlinear Loudspeaker Unit Modeling—
Bo Rohde Pedersen,1 Finn T. Agerkvist2
1Aalborg University, Esbjerg, Denmark 
2Technical University Denmark, Lyngby, Denmark

Simulations of a 6-1/2-inch loudspeaker unit are
performed and compared with a displacement
measurement. The nonlinear loudspeaker model
is based on the major nonlinear functions and 
expanded with time-varying suspension behavior
and flux modulation. The results are presented
with FFT plots of three frequencies and different
displacement levels. The model errors are dis-
cussed and analyzed including a test with a loud-
speaker unit where the diaphragm is removed.
Convention Paper 7601

11:30 am

P17-3 An Optimized Pair-Wise Constant Power 
Panning Algorithm for Stable Lateral Sound
Imagery in the 5.1 Reproduction System—
Sungyoung Kim,1,2 Masahiro Ikeda,1
Akio Takahashi1
1Yamaha Corporation, Shizuoka, Japan
2McGill University, Montreal, Quebec, Canada

Auditory image control in the 5.1 reproduction
system has been a challenge due to the
arrangement of loudspeakers, especially in the
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lateral region. To suppress typical artifacts in a
pair-wise constant power algorithm, a new gain
ratio between the Left and Left Surround chan-
nel has been experimentally determined. Listen-
ers were asked to estimate the gain ratio 
between two loudspeakers for seven lateral 
positions so as to set the direction of the sound
source. From these gain ratios, a polynomial
function was derived in order to parametrically
represent a gain ratio in an arbitrary direction.
The result of validating the experiments showed
that the new function produced stable auditory
imagery in the lateral region.
Convention Paper 7602

11:30 am

P17-4 The Use of Delay Control for Stereophonic
Audio Rendering Based on VBAP—Dongil
Hyun,1 Tacksung Choi,1 Daehee Youn,1
Seokpil Lee,2 Youngcheol Park3
1Yonsei University, Seoul, Korea 
2Broadcasting-Communication Convergence 
Research Center KETI, Seongnam, Korea 

3Yonsei University, Wonju, Korea

This paper proposes a new panning method that
can enhance the performance of the stereo-
phonic audio rendering system based on VBAP.
The proposed system introduces a delay control
to enhance the performance of the VBAP. 
Sample delaying is used to reduce the energy
cancellation due to out-of-phase. Preliminary
simulations and measurements are conducted to
verify the controllability of ILD by delay control
between stereophonic loudspeakers. By simulat-
ing ILD by the delay control, spatial direction at
frequencies where energy cancellation occurred
could be perceived more stable than the conven-
tional VBAP. The performance of the proposed
system is also verified by a subjective listening
test.
Convention Paper 7603

11:30 am

P17-5 Ambience Sound Recording Utilizing Dual
MS (Mid-Side) Microphone Systems Based
upon Frequency Dependent Spatial Cross
Correlation (FSCC)—Part-2: Acquisition of
On-Stage Sounds—Teruo Muraoka Takahiro
Miura, Tohru Ifukube, University of Tokyo,
Tokyo, Japan

In musical sound recording, a forest of micro-
phones is commonly observed. It is for good
sound localization and favorable ambience, how-
ever, the forest is desired to be sparse for less
laborious setting up and mixing. For this purpose
the authors studied sound-image representation
of stereophonic microphone arrangements utiliz-
ing Frequency Dependent Spatial Cross Correla-
tion (FSCC), which is a cross correlation of two
microphone’s outputs. The authors first exam-
ined FSCCs of typical microphone arrangements
for acquisition of ambient sounds and concluded
that the MS (Mid-Side) microphone system with
setting directional azimuth at 132-degrees is the
best. The authors also studied conditions of 
on-stage sounds acquisition and found that the
FSCC of a co-axial type microphone takes the
constant value of +1, which is advantageous for

stable sound localization. Thus the authors fur-
ther compared additional sound acquisition char-
acteristics of the MS system (setting directional
azimuth at 120-degrees) and the XY system. We
found the former to be superior. Finally, the 
author proposed dual MS microphone systems.
One is for on-stage sound acquisit ion set 
directional azimuth at 120-degrees and the other
is for ambient sound acquisition set directional
azimuth at 132-degrees.
Convention Paper 7604

11:30 am

P17-6 Ambisonic Loudspeaker Arrays—Eric 
Benjamin, Dolby Laboratories, San Francisco,
CA, USA

The Ambisonic system is one of very few sur-
round sound systems that offers the promise of
reproducing full three-dimensional (periphonic)
audio. It can be shown that arrays configured as
regular polyhedra can allow the recreation of an
accurate sound field at the center of the array.
But the regular polyhedric shape can be imprac-
tical for real everyday usage because the 
requirement that the listener have his head lo-
cated at the center of the array forces the loca-
tion of the lower loudspeakers to be beneath the
floor, or even the location of a loudspeaker di-
rectly beneath the listener. This is obviously im-
practicable, especially in domestic applications.
Likewise, it is typically the case that the width of
the array is larger than can be accommodated
within the room boundaries. The infeasibility of
such arrays is a primary reason why they have
not been more widely deployed. The intent of
this paper is to explore the efficacy of alternative
array shapes for both horizontal and periphonic
reproduction.
Convention Paper 7605

11:30 am

P17-7 Optimum Placement for Small Desktop/PC
Loudspeakers—Vladimir Filevski, Audio Expert
DOO, Skopje, Macedonia

A desktop/PC loudspeaker usually stands on a
desk, so the direct sound from the loudspeaker
interferes with the reflected sound from the desk.
On the desk, a "perfect" loudspeaker with flat
anechoic frequency response will not give a flat,
but a comb-like resultant frequency response.
Here is presented one simple and inexpensive
solution to this problem—a small, conventional
loudspeaker is placed on a holder. The holder is
a horizontal pivoting telescopic arm that enables
easy positioning of the loudspeaker. With one
side, the arm is attached on the top corner of the
PC monitor, and the other side is attached to the
loudspeaker. The listener extends and rotates
the arm in horizontal plane to such a position
that no reflection from the desk or from the PC
monitor reaches the listener, thus preserving the
presumably flat anechoic frequency response of
the loudspeaker.
Convention Paper 7606

Special Event
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PLATINUM MASTERING
Saturday, October 4, 11:30 am – 1:00 pm
Room 134

Moderator: Bob Ludwig, Grammy award winning 
president of Gateway Mastering & DVD, 
Portland, ME, USA

Panelists: Bernie Grundman, Bernie Grundman 
Mastering, Hollywood, CA, USA
Scott Hull, Scott Hull Mastering/Masterdisk, 
New York, NY, USA
Herb Powers Jr., Powers Mastering Studios, 
Orlando, FL, USA
Doug Sax, The Mastering Lab, Ojai, CA, USA

In this session moderated by mastering legend Bob Lud-
wig, mastering all-stars talk about the craft and business
of mastering and answer audience questions—including
queries submitted in advance by students at top record-
ing colleges. Panelists include Bernie Grundman of
Bernie Grundman Mastering, Hollywood; Scott Hull of
Scott Hull Mastering/Masterdisk, New York; Herb Powers
Jr. of Powers Mastering Studios, Orlando, Florida; and
Doug Sax of The Mastering Lab, Ojai, California.

Exhibitor Seminar
ES10 THAT CORPORATION 
Saturday, October 4, 11:30 am – 12:30 pm
Room 122

The Ins and Outs of Ins and Outs—Optimizing
Performance of Balanced Audio Interfaces

Presenters: Rosalfonso Bortoni
Fred Floru
Bob Moses
Les Tyler

A presentation team including the designer of THAT
Corporation’s balanced input stage product line will dis-
sect, analyze, and deconstruct the ubiquitous balanced
audio interface. We will show how to optimize dynamic
range, input impedance, and common mode rejection in
balanced line inputs. We will explore optimized balanced
output circuits capable of driving loads in a hostile world.
The team will listen to examples as well as explore
waveforms using instrumentation.

Saturday, October 4 12:00 noon Room 232
Standards Committee Meeting SC-03-06 Digital 
Library and Archive Systems

Yamaha Commercial Audio Training Sessionr
Saturday, October 4, 12:30 pm – 2:00 pm
Room 120

PM5D-EX Level 1  

Introduction to the PM5D-EX system featuring the
DSP5D digital mixing system.

Special Event
LUNCHTIME KEYNOTE: 
PETER GOTCHER OF TOPSPIN MEDIA
Saturday, October 4, 1:00 pm – 2:00 pm
Room 130

The Music Business Is Dead—
Long Live the NEW Music Business!

Peter Gotcher will deliver a high-level view of the chang-

ing business models facing the music industry today.
Gotcher will explain why it no longer works for artists to
derive their income from record labels that provide a tiny
share of high volume sales. He will also explore new rev-
enue models that include multiple revenue streams for
artists; the importance of getting rid of unproductive mid-
dlemen; and generating more revenue from fewer fans.

Student and Career Development Event
CAREER WORKSHOP
Saturday, October 4, 1:00 pm – 2:30 pm
Room 222

Moderator Gary Gottlieb, Webster University, Webster 
Groves, MO, USA
Keith Hatschek

This interactive workshop has been programmed based
on student member input. Topics and questions were
submitted by various student sections, polling students
for the most in-demand topics. The final chosen topics
are focused on education and career development within
the audio industry and a panel selected to best address
the chosen topics. An online discussion based on this
talk will continue on the forums at aes-sda.org, the offi-
cial student website of the AES.

Saturday, October 4 1:00 pm Room 220
Technical Committee Meeting  on Acoustics and
Sound Reinforcement

Exhibitor Seminar
ES11 AUDIOMATICA SRL
Saturday, October 4, 1:00 pm – 2:00 pm
Room 121

Automated Loudspeaker Balloon Response
Measurement

Presenters: Mauro Bigi
Daniele Ponteggia

Until the introduction of the last generation of PC con-
trolled loudspeaker turntables the three dimensional
loudspeaker balloon response measurement required
the construction of expensive custom positioning robots.
We will show an automated procedure using the CLIO 8
system and a robot easily built around two Outline
ET250-3D turntables. The measurement environment
setup and the related issues will be discussed in detail.
Some examples of use of the saved data set as data
post-processing and export to EASE and CLF will be
showed.

Exhibitor Seminar
ES12 ANALOG DEVICES, INC. 
Saturday, October 4, 1:00 pm – 2:00 pm
Room 122

From the Recording Studio to the Living Room 
and Beyond—Analog Devices Is Everywhere in Audio

Presenter: Denis Labrecque

ADI provides a variety of components for the equipment
that generates music and the systems we use to hear
them - in our homes, cars and portable devices. We will
showcase our new high performance audio ICs: SHARC,
Blackfin, and SigmaDSP digital signal processors; con-
verters; Class-D amplifiers; and MEMS microphones.
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Saturday, October 4 2:00 pm Room 232
Standards Committee Meeting SC-03-07 Audio 
Metedata

Session P18 Saturday, October 4
2:30 pm – 4:00 pm Room 222

INNOVATIVE AUDIO APPLICATIONS

Chair: Cynthia Bruyns-Maxwell, University of 
California Berkeley, Berkeley, CA, USA

2:30 pm

P18-1 An Audio Reproduction Grand Challenge:
Design a System to Sonic Boom an Entire
House—Victor W. Sparrow, Steven L. Garrett,
Pennsylvania State University, University Park,
PA, USA

This paper describes an ongoing research study
to design a simulation device that can accurately
reproduce sonic booms over the outside surface
of an entire house. Sonic booms and previous
attempts to reproduce them will be reviewed.
The authors will present some calculations that
suggest that it will be very difficult to produce the
required pressure amplitudes using conventional
sound reinforcement electroacoustic technolo-
gies. However, an additional purpose is to make
AES members aware of this research and to 
solicit feedback from attendees prior to a Janu-
ary 2009 down-selection activity for the design of
an outdoor sonic boom simulation system.
Convention Paper 7607

3:00 pm

P18-2 A Platform for Audiovisual Telepresence 
Using Model- and Data-Based Wave-Field
Synthesis—Gregor Heinrich,1,2 Christoph
Jung,1 Volker Hahn,1 Michael Leitner1
1Fraunhofer Institut für Graphische 
Datenverarbeitung (IGD), Darmstadt, Germany

2vsonix GmbH, Darmstadt, Germany

We present a platform for real-time transmission
of immersive audiovisual impressions using mod-
el- and data-based audio wave-field analysis/syn-
thesis and panoramic video capturing/ projection.
The audio sub-system focused on in this paper is
based on circular cardioid microphone and weak-
ly directional loudspeaker arrays. We report on
both linear and circular setups that feed different
wave-field synthesis systems. While we can re-
port on perceptual results for the model-based
wave-field synthesis prototypes with beamform-
ing and supercardioid input, we present findings
for the data-based approach derived using exper-
imental simulations. This data-based wave-field
analysis/synthesis (WFAS) approach uses a
combination of cylindrical-harmonic decomposi-
tion of cardioid array signals and angular 
windowing to enforce causal propagation of the
synthesized field. Specifically, our contributions
include (1) the creation of a high-resolution repro-
duction environment that is omnidirectional in
both the auditory and visual modality, as well as
(2) a study of data-based WFAS for real-time
holophonic reproduction with realistic microphone

directivities.
Convention Paper 7608

3:30 pm

P18-3 SMART-I2: “Spatial Multi-User Audio-Visual
Real-Time Interactive Interface”—Marc 
Rébillat,1 Etienne Corteel,2 Brian F. Katz1
1University of Paris Sud, Paris, France 
2sonic emotion ag, Oberglatt, Switzerland

The SMART-I2 aims at creating a precise and
coherent virtual environment by providing users
both audio and visual accurate localization cues.
It is known that, for audio rendering, Wave Field
Synthesis, and for visual rendering, Tracked
Stereoscopy, individually permit spatially high
quality immersion within an extended space. The
proposed system combines these two rendering
approaches through the use of a large multi-
actuator panel used as both a loudspeaker array
and as a projection screen, considerably reduc-
ing audio-visual incoherencies. The system per-
formance has been confirmed by an objective
validation of the audio interface and a perceptual
evaluation of the audio-visual rendering.
Convention Paper 7609

Session P19 Saturday, October 4
2:30 pm – 5:30 pm Room 236

SPATIAL AUDIO PROCESSING

Chair: Agnieszka Roginska, New York University, 
New York, NY, USA

2:30 pm

P19-1 Head-Related Transfer Functions 
Reconstruction from Sparse Measurements
Considering a Prior Knowledge from 
Database Analysis: A Pattern Recognition
Approach—Pierre Guillon,1 Rozenn Nicol,1
Laurent Simon2
1Orange Labs, Lannion, France 
2Laboratoire d’Acoustique de l’Université du 
Maine, Le Mans, France

Individualized Head-Related Transfer Functions
(HRTFs) are required to achieve high quality Vir-
tual Auditory Spaces. This paper proposes to
decrease the total number of measured direc-
tions in order to make acoustic measurements
more comfortable. To overcome the limit of
sparseness for which classical interpolation
techniques fail to properly reconstruct HRTFs,
additional knowledge has to be injected. Focus-
ing on the spatial structure of HRTFs, the analy-
sis of a large HRTF database enables to intro-
duce spatial prototypes. After a pattern
recognition process, these prototypes serve as a
well-informed background for the reconstruction
of any sparsely measured set of individual
HRTFs. This technique shows better spatial 
fidelity than blind interpolation techniques.
Convention Paper 7610

3:00 pm

P19-2 Near-Field Compensation for HRTF 
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Processing—David Romblom, Bryan Cook,
Sennheiser DSP Research Lab, Palo Alto, CA,
USA

It is difficult to present near-field virtual audio
displays using available HRTF filters, as most
existing databases are measured at a single dis-
tance in the far-field of the listener’s head. Mea-
suring near-field data is possible, but would
quickly become tiresome due to the large num-
ber of distances required to simulate sources
moving close to the head. For applications 
requiring a compelling near-field virtual audio
display, one could compensate the far-field
HRTF filters with a scheme based on 1/r spread-
ing roll off. However, this would not account for
spectral differences that occur in the near-field.
Using difference filters based on a spherical
head model, as well as a geometrically accurate
HRTF lookup scheme, we are able to compen-
sate existing data and present a convincing vir-
tual audio display for near field distances.
Convention Paper 7611

3:30 pm

P19-3 A Method for Estimating Interaural Time 
Difference for Binaural Synthesis—Juhan
Nam, Jonathan S. Abel, Julius O. Smith III, 
Stanford University, Stanford, CA, USA

A method for estimating interaural time differ-
ence (ITD) from measured head-related transfer
functions (HRTFs) is presented. The method
forms ITD as the difference in left-ear and right-
ear arrival times, estimated as the times of maxi-
mum cross-correlation between measured
HRTFs and their minimum-phase counterparts.
The arrival time estimate is related to a least-
squares fit to the measured excess phase, 
emphasizing those frequencies having large
HRTF magnitude and deweighting large phase
delay errors. As HRTFs are nearly minimum-
phase, this method is robust compared to the
conventional approach of cross-correlating left-
ear and right-ear HRTFs, which can be very dif-
ferent. The method also performs slightly better
than techniques averaging phase delay over a
limited frequency range.
Convention Paper 7612

4:00 pm

P19-4 Efficient Delay Interpolation for Wave Field
Synthesis—Andreas Franck,1 Karlheinz 
Brandenburg,1 Ulf Richter1,2
1Fraunhofer Institute for Digital Media 
Technology, Ilmenau, Germany 

2HTWK Leipzig, Leipzig, Germany

Wave Field Synthesis enables the reproduction
of complex auditory scenes and moving sound
sources. Moving sound sources induce time-
variant delay of source signals, To avoid severe
distortions, sophisticated delay interpolation
techniques must be applied. The typically large
numbers of both virtual sources and loudspeak-
ers in a WFS system result in a very high num-
ber of simultaneous delay operations, thus being
a most performance-critical aspect in a WFS
rendering system. In this paper we investigate
suitable delay interpolation algorithms for WFS.

To overcome the prohibitive computational cost
induced by high-quality algorithms, we propose
a computational structure that achieves a signifi-
cant complexity reduction through a novel algo-
rithm partitioning and efficient data reuse.
Convention Paper 7613

4:30 pm

P19-5 Obtaining Binaural Room Impulse Responses
from B-Format Impulse Responses—Fritz
Menzer, Christof Faller, Ecole Polytechnique
Fédérale de Lausanne, Lausanne, Switzerland

Given a set of head related transfer functions
(HRTFs) and a room impulse response mea-
sured with a Soundfield microphone, the pro-
posed technique computes binaural room 
impulse responses (BRIRs) that are similar to
binaural room impulse responses that would be
measured if, in place of the Soundfield micro-
phone, the dummy head used for the HRTF set
was directly recording the BRIRs. The proposed
technique enables that from a set of HRTFs cor-
responding BRIRs for different rooms are 
obtained without a need for the dummy head or
person to be present for measurement.
Convention Paper 7614

5:00 pm

P19-6 A New Audio Postproduction Tool for Speech 
Dereverberation—Keisuke Kinoshita,1
Tomohiro Nakatani,1 Masato Miyoshi,1
Toshiyuki Kubota2
1NTT Communication Science Laboratories, 
Kyoto, Japan 

2NTT Media Lab. Tokyo, Japan

This paper proposes a new audio postproduction
tool for speech dereverberation utilizing our pre-
viously proposed method. In previous studies we
have proposed the single-channel dereverbera-
tion method as a preprocessing of automatic
speech recognition and reported good perfor-
mance. This paper focuses more on the 
improvement of the audible quality of the dere-
verberated signals. To achieve good dereverber-
ation with less audible artifacts, the previously
proposed dereverberation method is combined
with the post-processing that implicitly takes ac-
count of the perceptual masking property. The
system has three adjustable parameters for con-
trolling the audible quality. With an informal eval-
uation, we found that the proposed tool allows
the professional audio engineers to dereverber-
ate a set of reverberant recordings efficiently.
Convention Paper 7615

Session P20 Saturday, October 4
2:30 pm – 4:00 pm Outside Room 238

POSTERS: LOUDSPEAKERS, PART 3

2:30 pm

P20-1 Preliminary Results of Calculation of a Sound 
Field Distribution for the Design of a Sound
Field Effector Using a 2-Way Loudspeaker
Array with Pseudorandom Configuration— �
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Yoshihiro Iijima,1 Kaoru Ashihara,2 Shogo Kiryu1
1Musashi Institute of Technology, Tokyo, Japan
2Advanced Industrial Science and Technology, 
Tsukuba, Japan

We have been developing a loudspeaker array
system that can control a sound field in real time
for live concerts. In order to reduce the sidelobes
and to improve the frequency range, a 2-way
loudspeaker array with pseudorandom configu-
ration is proposed. Software is being developed
to determine the configuration. For now, the con-
figuration is optimized for a focused sound. The
software calculates the ratio between the sound
pressure of the focus point and the average of
the sound pressure around the focus. It was
shown that the sidelobes can be reduced with a
pseudorandom configuration.
Convention Paper 7616

2:30 pm

P20-2 Design and Implementation of a Sound Field
Effector Using a Loudspeaker Array—Seigo
Hayashi,1 Tomoaki Tanno,1 Toru Kamekawa,2
Kaoru Ashihara,3 Shogo Kiryu1
1Musashi Institute of Technology, Tokyo, Japan
2Tokyo National University Arts and Music, Tokyo,
Japan 

3Advanced Industrial Science and Technology, 
Tokyo Japan 

We have been developing an effector that uses
a 128-channel two-way loudspeaker array sys-
tem for live concerts. The system was designed
to realize the change of the sound field within 10
ms. The variable delay circuits and the commu-
nication circuit between the hardware and the
control computer are implemented in one FPGA.
All of the delay data that have been calculated in
advance are stored in the SDRAM that is mount-
ed on the FPGA board, and only the simple
command is sent from the control computer. The
system can control up to four sound focuses 
independently.
Convention Paper 7617

2:30 pm

P20-3 Wave Field Synthesis: Practical 
Implementation and Application to Sound
Beam Digital Pointing—Paolo Peretti, Laura
Romoli, Lorenzo Palestini, Stefania Cecchi,
Francesco Piazza, Universita Politecnica delle
Marche, Ancona, Italy

Wave Field Synthesis (WFS) is a digital signal
processing technique introduced to achieve an
optimal acoustic sensation in a larger area than
in traditional systems (Stereophony, Dolby Digi-
tal). It is based on a large number of loudspeak-
ers and its real-time implementation needs the
study of efficient solutions in order to limit the
computational cost. To this end, in this paper we
propose an approach based on a preprocessing
of the driving function component, which does
not depend on the audio streaming. Linear and
circular geometries tests will be described and
the application of this technique to digital point-
ing of the sound beam will be presented.
Convention Paper 7618

[Paper presented by Lorenzo Palestini.]

2:30 pm

P20-4 Highly Focused Sound Beamforming 
Algorithm Using Loudspeaker Array 
System—Yoomi Hur,1 Seong Woo Kim,1
Young-cheol Park,2 Dae Hee Youn1
1Yonsei University, Seoul, Korea
2Yonsei University, Wonju, Korea 

This paper presents a sound beamforming tech-
nique that can generate a highly focused sound
beam using a loudspeaker array. For this pur-
pose, we find the optimal weight that maximizes
the contrast of sound power ratio between the
target region and the other regions. However,
there is a limitation to make the level of non-tar-
get region low with the directly derived weights,
so the iterative pattern synthesis technique,
which was introduced for antenna array, is 
investigated. Since it is assumed that there are
imaginary signal powers in the non-target 
regions, the system makes efforts to further 
improve the contrast ratio iteratively. The perfor-
mance of the proposed method was evaluated,
and the results showed that it could generate
highly focused sound beam than conventional
method.
Convention Paper 7619

2:30 pm

P20-5 Super-Directive Loudspeaker Array for the
Generation of a Personal Sound Zone—
Jung-Woo Choi, Youngtae Kim, Sangchul Ko,
Jung-Ho Kim, Samsung Electronics Co. Ltd.,
Gyeonggi-do, Korea

A sound manipulation technique is proposed for
selectively enhancing a desired acoustic proper-
ty in a zone of interest called personal sound
zone. In order to create the personal sound zone
in which a listener can experience high sound
level, acoustic energy is focused on only a 
selected area. Recently, two performance mea-
sures indicating acoustic properties of the 
personal sound zone—acoustic brightness and
contrast—were employed to optimize driving
functions of a loudspeaker array. In this paper
first some limitations of individual control method
are presented, and then a novel control strategy
is suggested such that advantages of both are
combined in a single objective function. Precise
control of a sound field with desired shape of en-
ergy distribution is made possible by introducing
a continuous spatial weighting technique. The
results are compared to those based on the
least-square optimization technique.
Convention Paper 7620

Broadcast Session 9 Saturday, October 4
2:30 pm – 4:30 pm Room 133

LISTENER FATIGUE AND LONGEVITY

Chair: David Wilson, CEA

Presenters: Sam Berkow, SIA Acoustics
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Marvin Caesar, Aphex
James Johnston, Neural Audio Corp.
Ted Ruscitti, On-Air Research

This panel will discuss listener fatigue and its impact on
listener retention. While listener fatigue is an issue of 
interest to broadcasters, it is also an issue of interest to
telecommunications service providers, consumer elec-
tronics manufacturers, music producers, and others. 
Fatigued listeners to a broadcast program may tune out,
while fatigued listeners to a cell phone conversation may
switch to another carrier, and fatigued listeners to a
portable media player may purchase another company’s 
product. The experts on this panel will discuss their 
research and experiences with listener fatigue and its 
impact on listener retention.

Tutorial 12 Saturday, October 4
2:30 pm – 4:30 pm Room 130

DAMPING OF THE ROOM LOW-FREQUENCY
ACOUSTICS (PASSIVE AND ACTIVE)

Presenters: Reza Kashani, University of Dayton, 
Dayton, OH, USA
Jim Wischmeyer, Modular Sound Systems, 
Inc., Lake Barrington, IL, USA

As the result of its size and geometry, a room excessive-
ly amplifies sound at certain frequencies. This is the 
result of standing waves (acoustic resonances/modes) of
the room. These are waves whose original oscillation is
continuously reinforced by their own reflections. Rooms
have many resonances, but only the low-frequency ones
are discrete, distinct, unaffected by the sound absorbing
material in the room, and accommodate most of the
acoustic energy build-up in the room.

Live Sound Seminar 9 Saturday, October 4
2:30 pm – 4:30 pm Room 131

DIGITAL AND NETWORKED AUDIO 
IN SOUND REINFORCEMENT

Chair: Bradford Benn, Crown International
Panelists: Steve Gray

Rick Kreifeldt
Steve Macatee
Demetrius Palavos
David Revel

This event promises a discussion of the challenges and
planning involved with deploying digital audio in the
sound reinforcement environment. The panel will cover
not just the use of digital audio but some of the factors
that need to be covered during the design and applica-
tion of audio systems. While no one solution fits every
application, after this panel discussion you will be better
able to understand what needs to be considered.

Student and Career Development
RECORDING COMPETITION—STEREO
Saturday, October 7, 2:30 pm – 6:30 pm
Room 206

The Student Recording Competition is a highlight at each
convention. A distinguished panel of judges participates
in critiquing finalists of each category in an interactive
presentation and discussion. Student members can sub-

mit stereo and surround recordings in the categories
classical, jazz, folk/world music, and pop/rock. Meritori-
ous awards will be presented at the closing Student Del-
egate Assembly Meeting on Sunday.

Judges include: Steve Bellamy, Tony Berg, Graemme
Brown, Martha de Francisco, Marie Ebbing, Shawn
Everett, Kimio Hamasaki, Leslie Ann Jones, Michael
Nunan, and Mark Willsher.

Sponsors for this event include: AEA, AKG,
Digidesign, Harman, JBL, Lavry Engineering, Schoeps,
Shure.

Exhibitor Seminar
ES13 THAT CORPORATION
Saturday, October 4, 2:30 pm – 3:30 pm
Room 121

Mic Preamplifier Alchemy—Demystifying One 
of Audio’s Most Misunderstood Circuits 

Presenters: Rosalfonso Bortoni
Fred Floru
Bob Moses
Les Tyler

The microphone preamp is one of the most difficult audio
functions to implement. Conceptually, it’s just a simple
gain stage—how hard can that be? But great mic pre
designers know that a little “magic” must be applied to
accommodate the wide range of microphones, signal lev-
els, and impedances found in the real world. It’s tough to
keep noise low under all conditions and still protect the
preamp from phantom power faults. And then you have
to control gain remotely! This seminar explores tech-
niques for implementing magical mic preamps using
THAT Corporation’s best-of-class IC solutions.

Yamaha Commercial Audio Training Sessionr
Saturday, October 4, 2:30 pm – 4:00 pm
Room 120

PM5D-EX Level 2 

In-depth look at the PM5D-EX system including ADK’s
Lyvetracker multi-track recorder, Virtual Soundcheck and
various other advanced functions.

Saturday, October 4 2:30 pm Room 220
Technical Committee Meeting  on Audio Recording
and Mastering Systems

Special Event
GRAMMY SOUNDTABLE
Saturday, October 4, 3:30 pm – 5:30 pm
Room 134

Moderator: Mike Clink, producer/engineer/entrepreneur 
(Guns N’ Roses, Sarah Kelly, Mötley Crüe)

Panelists: Sylvia Massy, producer/engineer/
entrepreneur (System of a Down, Johnny 
Cash, Econoline Crush)
Keith Olsen, producer/engineer/entrepreneur
(Fleetwood Mac, Ozzy Osbourne, 
POGOLOGO Productions/MSR Acoustics)
Phil Ramone, producer/engineer/visionary 
(Elton John, Ray Charles, Shelby Lynne)
Carmen Rizzo, artist/producer/remixer 
(Seal, Paul Oakenfold, Coldplay)
John Vanderslice, artist/indie rock 

�



42 Audio Engineering Society 125th Convention Program, 2008 Fall

innovator/studio owner (MK Ultra, Mountain 
Goats, Spoon) 

The 20th Annual GRAMMY Recording SoundTable is
presented by the National Academy of Recording Arts &
Sciences Inc. (NARAS) and hosted by AES.

YOU, Inc.! New Strategies for a New Economy

Today’s audio recording professional need only walk
down the aisle of a Best Buy, turn on a TV, or listen to a
cell phone ring to hear possibilities for new revenue
streams and new applications to showcase their talents.
From video games to live shows to ringbacks and 360
deals, money and opportunities are out there. It’s up to
you to grab them. 

For this special event the Producers & Engineers
Wing has assembled an all-star cast of audio pros who’ll
share their experiences and entrepreneurial expertise in
creating opportunities in music and audio. You’ll laugh,
you’ll cry, you’ll learn.

Saturday, October 4 3:30 pm Room 220
Technical Committee Meeting  on Network Audio
Systems

Exhibitor Seminar
ES14 AKM SEMICONDUCTOR
Saturday, October 4, 4:00 pm – 6:00 pm
Room 121

Hands-on Workshop to Create Your Own Custom
Audio Effects with Line 6's New ToneCore DSP
Developer Kit

Presenters: Diego Haro
Sujata Neidig

The new Line 6 ToneCore DSP Developer Kit enables
DSP programmers and musicians to create their own
custom audio effects into a stomp-box effects pedal for
electric guitar. This seminar presented by Freescale and
hosted by AKM Semiconductor will demonstrate how to
easily create, compile and debug an audio effect on the
Freescale Symphony DSP through hands-on experience
with the kit.

Tutorial 13 Saturday, October 4
4:30 pm – 6:00 pm Room 222

IMPROVED POWER SUPPLIES FOR AUDIO 
DIGITAL-ANALOG CONVERSION

Presenters: Mark Brasfield, National Semiconductor 
Corporation, Santa Clara, CA, USA
Robert A. Pease, National Semiconductor 
Corporation, Santa Clara, CA, USA

It is well known that good, stable, linear, constant-imped-
ance, wide-bandwidth power supplies are important for
high-quality Digital-to-Analog Conversion. Poor supplies
can add noise and jitter and other unknown uncertain-
ties, adversely affecting the audio.

Exhibitor Seminar
ES15 RENKUS-HEINZ, INC.
Saturday, October 4, 4:30 pm – 5:30 pm
Room 122

Steerable Array Technology for Live Sound
Applications

Presenter: Ralph Heinz

Most available line array systems today use a mechani-
cal means for steering and aiming sound towards the
audience area. In this workshop we will discuss the
application of electronically steerable array technology
as an alternate means of aiming sound towards the audi-
ence, and it's potential benefits to the system provider
and audience.

Yamaha Commercial Audio Training Sessionr
Saturday, October 4, 4:30 pm – 6:00 pm
Room 120

Digital Networking for Sound Reinforcement 

Introduction to EtherSound technology featuring the
newest addition to the Yamaha product line—the SB168-
ES stagebox.

Saturday, October 4 4:30 pm Room 220
Technical Committee Meeting  on Loudspeakers and
Headphones

Session P21 Saturday, October 4
5:00 pm – 6:30 pm Outside Room 238

POSTERS: LOW BIT-RATE AUDIO CODING

5:00 pm

P21-1 A Framework for a Near-Optimal Excitation
Based Rate-Distortion Algorithm for Audio
Coding—Miikka Vilermo, Nokia Research 
Center, Tampere, Finland

An optimal excitation based rate-distortion algo-
rithm remains an elusive target in audio coding.
Typical complexity of the problem for one frame
alone is in the order of 6050. This paper pre-
sents a framework for reducing the complexity.
Excitation is calculated using cochlear filters that
have relatively steep slopes above and below
the central frequency of the filter. An approxima-
tion of the excitation can be calculated by limit-
ing the cochlear filters to a small frequency 
region. For example, the cochlear filters may
span 15 subbands. In this way, the complexity
can be reduced approximately to the order of
6015 • 50.
Convention Paper 7621

5:00 pm

P21-2 Audio Bandwidth Extension by Frequency
Scaling of Sinusoidal Partials—Tomasz 
Zernicki, Maciej Bartkowiak, Poznan University
of Technology, Poznan, Poland

This paper describes a new technique of effi-
cient coding of high-frequency signal compo-
nents as an alternative to Spectral Band Repli-
cation. The main idea is to reconstruct the high
frequency harmonic structure trajectories by 
using fundamental frequencies obtained at the
encoder side. Audio signal is decomposed into
narrow subbands by demodulation based on the
local instantaneous fundamental frequency of 
individual partials. High frequency components
are reconstructed by modulation of the base-
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band signals with appropriately scaled instanta-
neous frequencies. Such approach offers correct
synthesis of rapidly changing sinusoids as well
as proper reconstruction of harmonic structure in
the high-frequency band. This technique allows
correct energy adjustment over sinusoidal par-
tials. The high efficiency of the proposed tech-
nique has been confirmed by listening tests.
Convention Paper 7622

5:00 pm

P21-3 Robustness Issues in Multi-View Audio 
Coding—Mauri Väänänen, Nokia Research
Center, Tampere, Finland

This paper studies the problem of noise unmask-
ing when multiple spatial filtering options (multi-
ple views) are required from multi-microphone
recordings compressed with lossy coding. The
envisaged application is re-use and postpro-
cessing of user-created content. A potential 
solution based on inter-channel prediction is out-
lined, that would also allow subtractive downmix
options without excessive noise unmasking. The
simple case of two relatively closely spaced 
omnidirectional microphones and mono downmix
is used as an example, experimenting with real-
world recordings and MPEG-1 Layer 3 coding.
Convention Paper 7623

5:00 pm

P21-4 Quality Improvement of Very Low Bit Rate
HE-AAC Using Linear Prediction Module—
GunWoo Lee,1 JaeSeong Lee,1 YoungCheol
Park,2 DaeHee Youn1
1University of Yonsei, Seoul, Korea
2University of Yonsei, Wonju-city, Korea 

This paper proposes a new method of improving
the quality of High Efficiency Advanced Audio
Coding (HE-AAC) at very low bit rate under 16
kbps. Low bit rate HE-AAC often produces obvi-
ous spectral holes inducing musical noise in low
energy frequency bands due to its limited num-
ber of available bits. In the proposed system, a
linear prediction module is combined with 
HE-AAC as a pre-processor to reduce the spec-
tral holes. For its efficient implementation, 
masking threshold of psychoacoustic model is
normalized with LPC spectral envelope to quan-
tize LPC residual signal with appropriate mask-
ing threshold. To reduce the pre-echo, we also
modified the block switching module. Experi-
mental results show that, at very low bit rate
modes, the linear prediction module effectively
reduce the spectral holes, which results in the
reduction of musical noises compared to the
conventional HE-AAC.
Convention Paper 7624

5:00 pm

P21-5 An Implementation of MPEG-4 ALS Standard 
Compliant Decoder on ARM Core CPUs—
Noboru Harada, Takehiro Moriya, Yutaka 
Kamamoto, NTT Communication Science Labs.,
Kanagawa, Japan

MPEG-4 Audio Lossless Coding (ALS) is a stan-
dard that losslessly compresses audio signals in

an efficient manner. MPEG-4 ALS is a suitable
compression scheme for high-sound-quality
portable music players. We have implemented a
decoder compliant with the MPEG-4 ALS stan-
dard on the ARM platform. In this paper the 
required CPU resources for MPEG-4 ALS tools
on ARM9E are characterized by using an ARM
CPU emulator, called ARMulator, as a simula-
tion platform. It is shown that the required CPU
clock cycle for decoding MPEG-4 ALS standard
compliant bit streams is less than 20 MHz for
44.1-kHz/16-bit, stereo signals on ARM9E when
the combination of the MPEG-4 ALS tools is
properly selected and coding parameters are
properly restricted.
Convention Paper 7625

Broadcast Session 10 Saturday, October 4
5:00 pm – 6:45 pm Room 133

AUDIO TRANSPORT

Chair: David Prentice, VCA

Panelists: Kevin Campbell, APT Ltd.
Chris Crump, Comrex
Angela DePascale, Global Digital Datacom 
Services Inc.
Herb Squire, DSI RF
Mike Uhl, Telos

This will be a discussion of techniques and technologies
used for transporting audio (i.e., STL, RPU, codecs,
etc.). Transporting audio can be complex. This will be a
discussion of various roads you can take. 

Tutorial 14 Saturday, October 4
5:00 pm – 6:45 pm Room 130

ELECTRIC GUITAR—THE SCIENCE BEHIND 
THE RITUAL

Presenter: Alex U. Case, University of Massachusetts, 
Lowell, MA, USA

It is an unwritten law that recording engineers’ approach
the electric guitar amplifier with a Shure SM57, in close
against the grille cloth, a bit off-center of the driver, and
angled a little. These recording decisions serve us well,
but do they really matter? What changes when you back
the microphone away from the amp, move it off center of
the driver, and change the angle? Alex Case, Sound
Recording Technology professor to graduates and un-
dergraduates at UMass Lowell breaks it down, with mea-
surements and discussion of the variables that lead to
punch, crunch, and other desirables in electric guitar
tone. 

Live Sound Seminar 10 Saturday, October 4
5:00 pm – 6:45 pm Room 131

AUTOMIXING FOR LIVE SOUND

Chair: Michael “Bink” Knowles, Freelance Live 
Sound Mixer

Panelists: Dan Dugan, Dan Dugan Sound Design
Mac Kerr, Freelance Live Sound Mixer
Gordon Moore, Lectrosonics �
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This seminar offers the live sound mixer a chance to
audition a selection of automixers within the context of a
panel discussion. Panelists will argue the strengths and
weaknesses of automixer topologies and algorithms with
respect to their sound quality and ease of use in the field.
Analog and digital systems will be compared. Real world
applications will be presented and discussed. Questions
from the audience will be encouraged.

Saturday, October 4 5:30 pm Room 220
Technical Committee Meeting  on Audio for 
Telecommunications

Special Event
TECnology HALL OF FAME
Saturday, October 4, 6:00 pm – 7:00 pm
Room 236

Hosted by Mix Magazine Executive Editor/TECnology
Hall of Fame director George Petersen. Presented annu-
ally by the Mix Foundation for Excellence in Audio to
honor significant, lasting contributions to the advance-
ment of audio technology, this year’s event will recognize
fifteen audio innovations. “It is interesting to note how
many of these products are still in daily use decades af-
ter their introduction,” Petersen says. “These aren’t sim-
ply museum pieces, but working tools. We’re proud to
recognize their significance to the industry.”

Special Event
ORGAN CONCERT
Saturday, October 4, 8:00 pm – 9:00 pm
The Cathedral of St. Mary of the Assumption
1111 Gough St., San Francisco, CA

Organist Graham Blyth's concerts are a highlight of every
AES convention at which he performs. This year's recital
will be held at St. Mary's Cathedral, a modern structure
with a panoramic view of San Francisco. The cathedral's
Ruffatti organ was designed with the Baroque repertoire
in mind, a fact Blyth will reflect with a strong Bach 
emphasis in the program. In honor of the centennial of
his birth, music by French composer Olivier Messiaen
also will be played.

Located just minutes from the Golden Gate Bridge,
Downtown Financial District, Twin Peaks, and The Mari-
na, St. Mary’s Cathedral is in the heart of the city at the
top of Cathedral Hill. The Ruffatti Organ, built in 1971 by
Fratelli Ruffatti of Padua, Italy, has been acclaimed as
one of the finest in the world. It rises impressively from
its soaring pedestal platform into a magnificent art form
in its own right. It consists of 4842 pipes on 89 ranks and
69 stops.

Graham Blyth was born in 1948, began playing the 
piano aged 4 and received his early musical training as a
Junior Exhibitioner at Trinity College of Music in London,
England. Subsequently, at Bristol University, he took up
conducting, performing Bach’s St. Matthew Passion 
before he was 21. He holds diplomas in Organ Perfor-
mance from the Royal College of Organists, The Royal
College of Music and Trinity College of Music. In the late
1980s he renewed his studies with Sulemita Aronowsky
for piano and Robert Munns for organ. He gives numer-
ous concerts each year, principally as organist and 
pianist, but also as a conductor and harpsichord player.
He made his international debut with an organ recital at
St. Thomas Church, New York in 1993 and since then
has played in San Francisco (Grace Cathedral), Los 
Angeles (Cathedral of Our Lady of Los Angeles), Ams-
terdam, Copenhagen, Munich (Liebfrauen Dom), Paris

(Madeleine and St. Etienne du Mont) and Berlin. He has
lived in Wantage, Oxfordshire, since 1984 where he is
currently Artistic Director of Wantage Chamber Concerts
and Director of the Wantage Festival of Arts.

He divides his time between being a designer of pro-
fessional audio equipment (he is a co-founder and Tech-
nical Director of Soundcraft) and organ related activities.
In 2006 he was elected a Fellow of the Royal Society of
Arts in recognition of his work in product design relating
to the performing arts.

Session P22 Sunday, October 5
9:00 am  – 11:30 am Room 222

HEARING ENHANCEMENT

Chair: Alan Seefeldt, Dolby Laboratories, San 
Francisco, CA, USA

9:00 am

P22-1 Assessing the Acoustic Performance and 
Potential Intelligibility of Assistive Audio
Systems for the Hard of Hearing and Other
Users—Peter Mapp, Peter Mapp Associates,
Colchester, Essex, UK

Around 14% of the general population suffer
from a noticeable degree of hearing loss and
would benefit from some form of hearing assis-
tance or deaf aid. Recent DDA legislation and
requirements mean that many more hearing as-
sistive systems are being installed—yet there is
evidence to suggest that many of these systems
fail to perform adequately and provide the bene-
fit expected. There has also been a proliferation
of classRoom 222nd lecture room “soundfield”
systems, with much conflicting evidence as to
their apparent effectiveness. This paper reports
on the results of some trial acoustic performance
testing of such systems. In particular the effects
of system microphone type, distance, and loca-
tion are shown to have a significant effect on the
resultant performance. The potential of using the
Sound Transmission Index (STI) and in particu-
lar STIPa, for carrying out installation surveys
has been investigated and a number of practical
problems are highlighted. The requirements for a
suitable acoustic test source to mimic a human
talker are discussed as is the need to adequate-
ly assess the effects of both reverberation and
noise. The findings discussed in the paper are
also relevant to the installation and testing of
boardroom and conference room telecommuni-
cation systems.
Convention Paper 7626

9:30 am

P22-2 Aging and Sound Perception: Desirable 
Characteristics of Entertainment Audio 
for the Elderly—Hannes Müsch, Dolby 
Laboratories, San Francisco, CA, USA

During the last few years the research communi-
ty has made substantial progress toward under-
standing how aging affects the way the ear and
brain process sound. A review of the literature
supports our experience as audio professionals
that elderly listeners have preferences for the 
reproduction of entertainment audio that differ
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from those of young listeners. This presentation
reviews the literature on aging and sound per-
ception with a focus on speech. The review iden-
tifies desirable audio reproduction characteristics
and discusses signal processing techniques to
generate audio that is suited for elderly listeners.
Convention Paper 7627

10:00 am

P22-3 Speech Enhancement of Movie Sound—
Christian Uhle, Oliver Hellmuth, Jan Weigel,
Fraunhofer Institute for Integrated Circuits IIS,
Erlangen, Germany

Today, many people have problems understand-
ing the speech content of a movie, e.g., due to
hearing impairments. This paper describes a
method for improving speech intelligibility of
movie sound. Speech is detected by means of a
pattern recognition method; the audio signal is
then attenuated during periods where speech is
absent. The speech signals are further
processed by a spectral weighting method aim-
ing at the suppression of the background noise.
The spectral weights are computed by means of
feature extraction and a neural network regres-
sion method. The output signal finally carries all
relevant speech with reduced background noise
allowing the listener to follow the plot of the
movie more easily. Results of numerical evalua-
tions and of listening tests are presented.
Convention Paper 7628

10:30 am

P22-4 An Investigation of Audio Balance for Elderly
Listeners Using Loudness as the Main 
Parameter—Tomoyasu Komori,1 Toru Takagi,1
Kohichi Kurozumi,2 Kazuhiro Murakawa3
1NHK Science and Technical Research 
Laboratories, Tokyo, Japan 

2NHK Engineering Service, Inc., Tokyo, Japan 
3Yamaki Electric Corporation, Tokyo, Japan

We have been studying the best sound balance
for audibility for elderly listeners. We conducted
subjective tests on the balance between narra-
tion and background sound using professional
sound mixing engineers. The comparative loud-
ness of narration to background sound was used
to calculate appropriate respective levels for use
in documentary programs. Monosyllabic intelligi-
bility tests were then conducted in a noisy envi-
ronment with both elderly and young people and
a condition that complicates hearing for the 
elderly was identified. Assuming that the recruit-
ment phenomenon and reduced ability to sepa-
rate narration from background sound cause
hearing problems for the elderly, we estimated
appropriate loudness levels for them. We also
constructed a prototype to assess the best audio
balance for the elderly objectively.
Convention Paper 7629

11:00 am

P22-5 Estimating the Transfer Function from Air 
Conduction Recording to One’s Own Hearing
—Sook Young Won, Jonathan Berger, Stanford
University, Stanford, CA, USA

It is well known that there is often a sense of dis-
appointment when an individual hears a record-
ing of his/her own voice. The perceptual dispari-
ty between the live and recorded sound of ones
own voice can be explained scientifically as the
result of the multiple paths via which our body
transmits vibrations from the vocal cords to the
auditory system during vocalization, as opposed
to the single air-conducted path in hearing a
playback of one’s own recorded voice. In this pa-
per we aim to investigate the spectral character-
istics of one’s own hearing as compared to an
air-conducted recording. To accomplish this ob-
jective, we designed and conducted a perceptual
experiment with a real-time filtering application.
Convention Paper 7630

Session P23 Sunday, October 5
9:00 am – 11:00 am Room 236

AUDIO DSP

Chair: Jon Boley, LSB Audio

9:00 am

P23-1 Determination and Correction of Individual 
Channel Time Offsets for Signals Involved 
in an Audio Mixture—Enrique Perez Gonzalez,
Joshua Reiss, Queen Mary University of 
London, London, UK

A method for reducing comb-filtering effects due
to delay time differences between audio signals
in sound mixer has been implemented. The
method uses a multichannel cross-adaptive 
effect topology to automatically determine the
minimal delay and polarity contributions required
to optimize the sound mixture. The system uses
real time, time domain transfer function mea-
surements to determine and correct the individ-
ual channel offset for every signal involved in the
audio mixture. The method has applications in
live and recorded audio mixing where recording
a single sound source with more than one signal
path is required, for example when recording a
drum set with multiple microphones. Results are
reported that determine the effectiveness of the
proposed method.
Convention Paper 7631

9:30 am

P23-2 STFT-Domain Estimation of Subband 
Correlations—Michael M. Goodwin, Creative 
Advanced Technology Center, Scotts Valley,
CA, USA

Various frequency-domain and subband audio
processing algorithms for upmix, format conver-
sion, spatial coding, and other applications have
been described in the recent literature. Many of
these algorithms rely on measures of the sub-
band autocorrelations and cross-correlations of
the input audio channels. In this paper we con-
sider several approaches for estimating subband
correlations based on a short-time Fourier trans-
form representation of the input signals.
Convention Paper 7632 �
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10:00 am

P23-3 Separation of Singing Voice from Music 
Accompaniment with Unvoiced Sounds 
Reconstruction for Monaural Recordings—
Chao-Ling Hsu,1 Jyh-Shing Roger Jang,1
Te-Lu Tsai2
1National Tsing Hua University, Hsinchu, Taiwan
2Institute for Information Industry, Taipei, Taiwan

Separating singing voice from music accompani-
ment is an appealing but challenging problem,
especially in the monaural case. One existing
approach is based on computational audio
scene analysis, which uses pitch as the cue to
resynthesize the singing voice. However, the 
unvoiced parts of the singing voice are totally 
ignored since they have no pitch at all. This 
paper proposes a method to detect unvoiced
parts of an input signal and to resynthesize them
without using pitch information. The experimen-
tal result shows that the unvoiced parts can be 
reconstructed successfully with 3.28 dB signal-
to-noise ratio higher than that achieved by the
currently state-of-the-art method in the literature.
Convention Paper 7633

10:30 am

P23-4 Low Latency Convolution In One Dimension
Via Two Dimensional Convolutions: An 
Intuitive Approach—Jeffrey Hurchalla, Garritan
Corp., Orcas, WA, USA

This paper presents a class of algorithms that
can be used to efficiently perform the running
convolution of a digital signal with a finite 
impulse response. The impulse is uniformly par-
titioned and transformed into the frequency 
domain, changing the one dimensional convolu-
tion into a two dimensional convolution that can
be efficiently solved with nested short length
acyclic convolution algorithms applied in the fre-
quency domain. The latency of the running con-
volution is the time needed to acquire a block of
data equal in size to the uniform partition length.
Convention Paper 7634

Session P24 Sunday, October 5
9:00 am – 10:30 am Outside Room 238

POSTERS: AUDIO DIGITAL SIGNAL PROCESSING 
AND EFFECTS, PART 1

9:00 am

P24-1 Simple Arbitrary IIRs—Richard Lee, Pandit Lit-
toral, Cooktown, Queensland, Australia

This is a method of fitting IIRs (Infinite Impulse
Response filters) to an arbitrary frequency 
response simple enough to incorporate in intelli-
gent AV receivers. Short IIR filters are useful
where computational power is limited and at low
frequencies where FIRs have poor performance.
Loudspeaker and microphone frequency 
response defects are often better matched to
IIRs. Some caveats for digital EQ design are dis-
cussed. The emphasis is on loudspeakers and
microphones
Convention Paper 7635

9:00 am

P24-2 Analysis of Design Parameters for Crosstalk
Cancellation Filters Applied to Different 
Loudspeaker Configurations—Yesenia 
Lacouture Parodi, Aalborg University, Aalborg,
Denmark

Several approaches to render binaural signals
through loudspeakers have been proposed in
past decades. Some studies have focused on
the optimum loudspeaker arrangement while
others have proposed more efficient filters. How-
ever, to our knowledge, the identification of opti-
mal parameters for crosstalk cancellation filters
applied to different loudspeaker configurations
has not yet been addressed systematically. 
In this paper we document a study of three dif-
ferent inversion techniques applied to several
loudspeaker arrangements. Least square 
approximations in frequency and time domain
are evaluated along with a crosstalk canceller-
based on minimum-phase approximation. The
three methods are simulated in two-channel con-
figuration and the least square approaches in
four-channel configurations. Different span an-
gles and elevations are evaluated for each case.
In order to obtain optimum parameter, we varied
the bandwidth, filter length, and regularization
constant for each loudspeaker position and each
method. We present a description of the simula-
tions carried out and the optimum regularization
values, expected channel separation, and per-
formance error obtained for each configuration.
Convention Paper 7636

9:00 am

P24-3 A Hybrid Time and Frequency Domain Audio
Pitch Shifting Algorithm—Nicolas Juillerat,1
Stefan Müller Arisona,2 Simon Schubiger-Banz3
1University of Fribourg, Fribourg, Switzerland
2University of Santa Barbara, Santa Barbara, 
CA, USA 

3Computer Systems Institute, ETH Zürich, 
Zürich, Switzerland

This paper presents an abstract algorithm that
performs audio pitch shifting as a combination of
a signal analysis, a filter bank, and frequency
shifting operations. Then, it is shown that two pre-
viously proposed pitch shifting algorithms are 
actually concrete implementations of the present-
ed abstract algorithm. One of them is implement-
ed in the frequency domain whereas the other is
implemented in the time domain. Based on an
analysis and comparison of the properties of
these two implementations (quality, artifacts, 
assumptions on the signal), we propose a new
hybrid implementation working partially in the fre-
quency domain and partially in the time domain,
and achieving superior quality by taking the best
from each of the two existing implementations.
Convention Paper 7637

9:00 am

P24-4 A Colored Noise Suppressor Using Lattice
Filter with Correlation Controlled Algorithm—
Arata Kawamura, Youji Iiguni, Osaka University,
Toyonaka, Osaka, Japan
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A noise suppression technique is necessary in a
wide range of applications including mobile com-
munication and speech recognition systems. We
have previously proposed a noise suppressor
using a lattice filter that can cancel a white noise
from an observed signal. Unfortunately, many
practical noises are not white, and hence the
conventional noise suppressor is not available
for the practical noises. In this paper we propose
a new adaptive algorithm used for the lattice fil-
ter to suppress a colored noise. The proposed
algorithm can be directly derived from the con-
ventional time recursive algorithm. To extract a
speech from a speech mixed with colored noise,
the lattice filter with the proposed algorithm gives
a noise replica whose auto-correlation is close to
the noise’s one. Subtracting the noise replica
from the observed noisy speech, we can obtain
an extracted speech. Simulation results showed
that the proposed noise suppressor can extract
a speech from a speech mixed with a tunnel
noise, which is a colored noise recorded in a
practical environment.
Convention Paper 7638

9:00 am

P24-5 Accurate IIR Equalization to an Arbitrary 
Frequency Response, with Low Delay and
Low Noise Real-Time Adjustment—Peter
Eastty, Oxford Digital Limited, Stonesfield, 
Oxfordshire, UK

A new form of equalizer has been developed
that combines minimum phase, low delay, IIR
signal processing with low noise, real-time 
adjustment of coefficients to accurately deliver
an arbitrary frequency response as entered from
a graphical user interface. The use of a join-the-
dots type graphical user interface combined with
cubic or similar splines is a common method of
entering curved lines into 2-D drawing programs.
The equalizer described in this paper combines
a similar type of user interface with low-delay,
minimum phase, IIR audio DSP. Key attributes
also include real-time, nearly noiseless adjust-
ment of the DSP coefficients in response to user
input. All necessary information for the construc-
tion of these filters is included.
Convention Paper 7639

9:00 am

P24-6 A Method of Capacity Increase for Time-
Domain Audio Watermarking Based on 
Low-Frequency Amplitude Modification—
Harumi Murata, Akio Ogihara, Motoi Iwata, Akira
Shiozaki, Osaka Prefecture University, Osaka,
Japan

The objective of this work is to increase the 
capacity of watermark information in “the audio
watermarking method based on amplitude modi-
fication,” which has been proposed by W. N. Lie
as a prevention technique against copyright 
infringement. In this conventional method, the
capacity of watermark information is not enough,
and it is desirable that the capacity of watermark
information is increased. In this paper we 
increase the capacity of watermark information
by embedding multiple watermarks in the differ-
ent levels of audio data independently. The 

proposed method has many data-channels for
embedding, and hence it is possible to embed
multiple watermarks by selecting the proper
data-channel according to required data 
capacity or recovery rate.
Convention Paper 7640

9:00 am

P24-7 Constrained-Optimized Sound Beamforming
of Loudspeaker-Array System—Myung Song,1
Soonho Baek,1 Seok-Pil Lee,2 Hong-Goo Kang1
1Yonsei University, Seoul, Korea 
2Korea Electronics Technology Institute, 
Seongnam, Korea

This paper proposes a novel loudspeaker-array
system to form relatively high sound pressure 
toward the desired location. The proposed algo-
rithm adopts a constrained-optimization tech-
nique such that the array response to the 
desired response is maintained over mainlobe
width while minimizing its sidelobe level. At first
the characteristic of sound propagation in rever-
berant environment is analyzed by off-line com-
puter simulation. Then, the performance of the
implemented loudspeaker-array system is evalu-
ated by measuring sound pressure distribution in
a real test room. The results show that the pro-
posed sound beamforming algorithm forms more
concentrative sound beam to the desired loca-
tion than conventional algorithms even in a 
reverberation environment.
Convention Paper 7641

Workshop 10 Sunday, October 5
9:00 am – 10:45 am Room 131

FILE FORMATS FOR INTERACTIVE APPLICATIONS 
AND GAMES

Chair: Chris Grigg, Beatnik, Inc.

Panelists: Christof Faller, Illusonic LLC
John Lazzaro, University of California, 
Berkeley
Juergen Schmidt, Thomson

There are a number of different standards covering file
formats that may be applicable to interactive or game 
applications. However, some of these older formats have
not been widely adopted and newer formats may not yet
be very well known. Other formats may be used in non-
interactive applications but may be equally suitable to 
interactive applications. This tutorial reviews the require-
ments of an interactive file format. It presents an
overview of currently available formats and discusses
their suitability to certain interactive applications. The
panel will discuss why past efforts at interactive audio
standards have not made it to product and look to wide-
ly-adopted standards in related fields (graphics and net-
working) in order to borrow their successful traits for 
future standards. The workshop is presented by a num-
ber of experts who have been involved in the standard-
ization or development of these formats. The formats
covered include Ambisonics B-Format, MPEG-4 object
coding, MPEG-4 Structured Audio Orchestral Language,
MPEG-4 Audio BIFS, and the upcoming iXMF standard.
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Broadcast Session 11 Sunday, October 5
9:00 am – 10:45 am Room 133

INTERNET STREAMING—AUDIO QUALITY, 
MEASUREMENT, AND MONITORING

Chair: David Bialik

Panelists: Ray Archie, CBS Radio
Rusty Hodge, SomaFM
Benjamin Larson, Streambox, Inc.
Greg J. Ogonowski, Orban/CRL
Skip Pizzi, Radio World magazine
Geir Skaaden, Neural Audio Corp.

Internet Streaming has become a provider of audio and
video content to the public. Now that the public has rec-
ognized the medium, the provider needs to deliver the
content with a quality comparable to other mediums. 
Audio monitoring is becoming important, and a need to
quantify the performance is important so that the stream-
er can deliver product of a standard quality.

Broadcast Session 12 Sunday, October 5
9:00 am – 11:00 am Room 134

THE ART OF SOUND EFFECTS—
PERFORMANCE TO PRODUCTION

Panelists: David Shinn, SueMedia Productions, Carle 
Place, NY, USA
Sue Zizza, SueMedia Productions, Carle 
Place, NY, USA

Sound effects: footsteps, doors opening and closing, a
bump in the night. These are the sounds that can take
the flat one-dimensional world of audio, television, and
film and turn them into realistic three-dimensional 
environments. From the early days of radio to the sophis-
ticated modern day High Def Surround Sound of contem-
porary film; sound effects have been the final color on
the director's palatte. Join Sound Effects and Foley
Artists Sue Zizza and David Shinn of SueMedia Produc-
tions as they present a 90 minute session that explores
the art of sound effects; creating and performing manual
effects; recording sound effects with a variety of micro-
phones; and using various primary sound effect ele-
ments for audio, video and film projects. 

Master Class 4 Sunday, October 5
9:00 am – 11:00 am Room 130

ACOUSTICS AND MULTIPHYSICS MODELING

Presenter: John Dunec, Comsol, Palo Alto, CA, USA

This Master Class covers acoustics and multiphysics
modeling using Comsol. The Acoustics Module is specifi-
cally designed for those who work in classical acoustics
with devices that produce, measure, and utilize acoustic
waves. Application areas include the design of loud-
speakers, microphones, hearing aides, noise control,
sound barriers, mufflers, buildings, and performance
spaces.

Student and Career Development Event
DESIGN COMPETITION

Sunday, October 5, 9:00 am – 10:30 am
TBA at Student Delegate Assembly Meeting

The design competition is a competition for audio pro-
jects developed by students at any university or record-
ing school challenging students with an opportunity to
showcase their technical skills. This is not for recording
projects or theoretical papers, but rather design concepts
and prototypes. Designs will be judged by a panel of 
industry experts in design and manufacturing. Multiple
prizes will be awarded.

Sunday, October 5 9:00 am Room 232
Standards Committee Meeting AESSC Plenary

Yamaha Commercial Audio Training Sessionr
Sunday, October 5, 10:15 am – 11:45 am
Room 120

PM5D-EX Level 1  

Introduction to the PM5D-EX system featuring the
DSP5D digital mixing system.

Workshop 11 Sunday, October 5
11:00 am – 1:00 pm Room 206

UPCOMING MPEG STANDARD FOR EFFICIENT 
PARAMETRIC CODING AND RENDERING 
OF AUDIO OBJECTS

Chair: Oliver Hellmuth, Fraunhofer Institute for 
Integrated Circuits IIS

Panelists: Jonas Engdegård
Christof Faller
Jürgen Herre
Leon van de Kerkhof

Through exploiting the human perception of spatial sound,
“Spatial Audio Coding” technology enabled new ways of
low bit-rate audio coding for multichannel signals. Follow-
ing the finalization of the MPEG Surround specification,
ISO/MPEG launched a follow-up standardization activity
for bit-rate-efficient and backward compatible coding of
several sound objects. On the receiving side, such a Spa-
tial Audio Object Coding (SAOC) system renders the 
objects interactively into a sound scene on a reproduction
setup of choice. The workshop reviews the ideas, princi-
ples, and prominent applications behind Spatial Audio 
Object Coding and reports on the status of the ongoing
ISO/MPEG Audio standardization activities in this field.
The benefits of the new approach will be highlighted and
illustrated by means of real-time demonstrations. 

Live Sound Seminar 11 Sunday, October 5
11:00 am – 1:00 pm Room 131

LOUDSPEAKER SYSTEM OPTIMIZATION

Chair: Bruce C. Olson, Olson Sound Design, 
Minneapolis, MN, USA

Panelists: Ralph Heinz, Renkus Heinz
TBA

The panel will discuss recommended ways to optimize
loudspeaker systems for use in the typical venues fre-
quented by local bands and regional sound companies.
These industry experts will give you practical advice on
getting your system to sound good in the usual setup
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time that is typically available.  OK, maybe not typical,
we assume you can get more than 5 minutes for the
task. Once the system is optimized properly, all you have
to do is make the band sound good. This advice is tar-
geted at all the band engineers, as well as system tech’s
for small sound companies, maybe even some of you big
guys as well.

Special Event
THE EVOLUTION OF ELECTRONIC INSTRUMENT
INTERFACES: PAST, PRESENT, FUTURE
Sunday, October 5, 11:00 am – 1:00 pm
Room 133

Moderator: Gino Robair, editor of Electronic Musician 
magazine

Panelists: Roger Linn, Roger Linn Designs
Tom Oberheim, Founder, Oberheim 
Electronics
Dave Smith, Dave Smith Instruments

Developing musical instruments that take advantage of
new technologies is exciting. However, coming up with
something that is not only intuitive and musically useful but
that will be accepted by musicians requires more than just
a feature-rich box with sexy industrial design. This panel
will discuss the issues involved in creating new musical 
instruments, with a focus on interface design, as well as
explore ways to avoid the mistakes of the past when 
designing products for the future. These four panelists
have brought a variety of innovative products to market
(with varying degrees of success), which have made each
of them household names in the MI world.

Tutorial 15 Sunday, October 5
11:30 am - 1:00 pm Room 222

REAL-TIME EMBEDDED AUDIO SIGNAL PROCESSING

Chair: Paul Beckmann, DSP Concepts, LLC, 
Sunnyvale, CA, USA

Product developers implementing audio signal process-
ing algorithms in real-t ime encounter a host of 
challenges and tradeoffs. This tutorial focuses on the
high-level architectural design decisions commonly
faced. We discuss memory usage, block processing, la-
tency, interrupts, and threading in the context of modern
digital signal processors with an eye toward creating
maintainable and reusable code. The impact of integrat-
ing audio decoders and streaming audio to the overall
design will be presented. Examples will be drawn from
typical professional, consumer, and automotive audio 
applications. 

Tutorial 16 Sunday, October 5
11:30 am – 1:00 pm Room 130

LATEST ADVANCES IN CERAMIC LOUDSPEAKERS 
AND THEIR DRIVERS

Presenters: Mark Cherry, Maxim, Inc., Sunnyvale, CA, 
USA
Robert Polleros, Maxim, Austria
Peter Tiller, Murata, Atlanta, GA, USA

New cell phone designs demand small form factor while
maintaining audio sound-pressure level. Speakers have
typically been the component that limits the thinness of

the design. New developments in ceramic, or piezoelec-
tric, loudspeakers have opened the door for new sleek
designs. Due to the capacitive nature of these ceramic
speakers, special considerations need to be taken into
account when choosing an audio amplifier to drive them.
Today’s portable devices need smaller, thinner, more
power-efficient electronic components. Cellular phones
have become so thin that the dynamic speaker is typical-
ly the limiting factor in how thin manufacturers can make
their handsets. The ceramic, or piezoelectric, speaker is
quickly emerging as a viable alternative to the dynamic
speaker. These ceramic speakers can deliver competi-
tive sound-pressure levels (SPL) in a thin and compact
package, thus potentially replacing traditional voice-coil
dynamic speakers.

Special Event
PLATINUM ROAD WARRIORS
Sunday, October 5, 11:30 am – 1:00 pm
Room 134

Moderator: Clive Young

Panelists: Eddie Mapp
Paul “Pappy” Middleton
Howard Page

An all-star panel of leading front-of-house engineers will
explore subject matter ranging from gear to gossip, in
what promises to be an insightful, amusing, and enlight-
ening 90 minute session. Engineers for superstar artists
will discuss war stories, technical innovations, and heroic
efforts to maintain the eternal “show must go on” code of
the road. Ample time will be provided for an audience
Q&A session.

Student and Career Development Event
STUDENT DELEGATE ASSEMBLY MEETING
—PART 2
Sunday, October 5, 11:30 am – 1:00 pm
Room 236

The closing meeting of the SDA will host the election of a
new vice chair. Votes will be cast by a designated repre-
sentative from each recognized AES student section or
academic institution in the North/Latin America Regions
present at the meeting. Judges’ comments and awards
will be presented for the Recording and Design Competi-
tions. Plans for future student activities at local, regional,
and international levels will be summarized and dis-
cussed among those present at the meeting.

Yamaha Commercial Audio Training Sessionr
Sunday, October 5, 12:15 pm – 1:45 pm
Room 120

PM5D-EX Level 2 

In-depth look at the PM5D-EX system including ADK’s
Lyvetracker multi-track recorder, Virtual Soundcheck and
various other advanced functions.

Yamaha Commercial Audio Training Sessionr
Sunday, October 5, 2:15 pm – 3:45 pm
Room 120

Digital Networking for Sound Reinforcement 

Introduction to EtherSound technology featuring the
newest addition to the Yamaha product line—the SB168-
ES stagebox

�
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Session P25 Sunday, October 5
2:30 pm – 4:30 pm Room 236

FORENSIC ANALYSIS

Chair: Eddy Bogh Brixen, EBB-Consult, Smørum, 
Denmark

2:30 pm

P25-1 Magnetic Field Mapping of Analog Audio 
and Video Tapes—David P. Pappas, F. C. S.
da Silva, National Institute of Standards and
Technology (Invited Paper)

Forensic analysis of magnetic tape evidence can
be critical in many cases. In particular, it has
been shown that imaging the magnetic patterns
on tapes can give important information related
to authenticity and identifying the type of
recorder(s) used. We present here an imaging
system that allows examiners to view the mag-
netic patterns while they are playing, copying, or
listening to cassette audio and VHS video tapes.
With the added benefits of high resolution and
polarity sensitivity, this system significantly 
improves on the accuracy and speed of the 
examination. Finally, the images, which consti-
tute a true magnetic field map of the tape, can
be saved to a computer file. We demonstrate
that analog audio data can be recovered directly
from these maps with bandwidths only limited by
the sampling rate of the electronics. For helical
video signals on VHS tapes, we can see the sig-
nature of the magnetic recording. Higher sam-
pling rates and transverse spatial resolution
would be needed to reconstruct video data from
the images. However, for cases where VHS
video tape has been cut into small pieces, we
have built a custom fixture that allows the tape to
be held up to it. It can display the low frequency
synchronization track, allowing examiners to
quickly identify the side of the tape that the data
is on and the orientation. The system is based
on magnetoresistive imaging heads capable of
scanning 256 channels simultaneously along lin-
ear ranges of either 4 mm or 13 mm. High speed
electronics read the channels and transfer the
data to a computer that builds and displays the
images. 

3:00 pm

P25-2 Magnetic Development: Magneto-Optical 
Indicator Film Imaging vs. Ferrofluids—
Jonathan C. Broyles, Image and Sound 
Forensics, Parker, CO, USA

Techniques, advantages, and disadvantages of
ferrofluids and magneto-optical indicator film
imaging methods of magnetic development are
discussed. Presentation and discussion of test
results with supporting test images and figures.
A number of MOIF imaging examples are 
presented for discussion. General overview on
how magneto-optical magnetic development
works. Magnetic development examples
processed on magneto-optical imaging system
developed and built by the author.
Convention Paper 7642

3:30 pm

P25-3 Extraction of Electric Network Frequency
Signals from Recordings Made in a 
Controlled Magnetic Field—Richard Sanders,1
Pete Popolo2
1University of Colorado Denver, Denver, CO, USA
2National Center for Voice & Speech, Denver, 
CO, USA

An Electric Network Frequency (ENF) signal is
the 60 Hz component of an AC power signal that
varies over time due to fluctuations in power pro-
duction and consumption, across the entire grid
of a power distribution network. When present in
audio recordings, these signals (or their harmon-
ics) can be used to authenticate a recording,
time stamp the original, or determine if a record-
ing was copied or edited. This paper will present
the results of an experiment to determine if ENF
signals in a controlled magnetic field can be de-
tected and extracted from audio recordings
made with battery operated audio recording 
devices.
Convention Paper 7643

4:00 pm

P25-4 Forensic Voice Identification Utilizing 
Digitally Extracted Speech Characteristics—
Jeff M. Smith, Richard Sanders, University of
Colorado Denver, Denver, CO, USA

By combining modern capabilities in the digital 
domain with more traditional methods of aural
comparison and spectrographic inspection, the 
acquisition of identity from recorded evidence can
be executed with greater confidence. To aid the
Audio Forensic Examiner’s efforts in this, an effec-
tive approach to manual voice identification is pre-
sented here. To this end, this paper relates the 
research into and application of unique vocal char-
acteristics utilized by the SIDNI (Speaker Identifi-
cation by Numerical Imprint) automated system of
voice identification to manual forensic investiga-
tion. Some characteristics include: fundamental
speaking frequency, rate of vowels, proportional
relationships in spectral distribution, amplitude of
speech, and perturbation measurements.
Convention Paper 7644

Session P26 Sunday, October 5
2:30 pm – 4:00 pm Outside Room 238

POSTERS: AUDIO DIGITAL SIGNAL PROCESSING 
AND EFFECTS, PART 2

2:30 pm

P26-1 Applications of Algorithmically-Generated 
Digital Audio for Web-Based Sonic Measure
Ear Training—Christopher Ariza, Towson 
University, Towson, MD, USA

This paper examines applications of algorithmi-
cally-generated digital audio for a new type of
ear training. This approach, called sonic mea-
sure ear training, circumvents the many limits of
MIDI-based aural testing, and may offer a valu-
able resource for computer musicians and audio
engineers. The Post-Ut system, introduced here,
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is the first web-based ear training system to offer
sonic measure ear-training. After describing the
design of the Post-Ut system, including the use
of athenaCL, Csound, Python, and MySQL, the
audio generation procedures are examined in
detail. The design of questions and perceptual
considerations are evaluated, and practical 
applications and opportunities for future develop-
ment are outlined.
Convention Paper 7645

2:30 pm

P26-2 A Perceptual Model-Based Speech 
Enhancement Algorithm—Rongshan Yu, 
Dolby Laboratories, San Francisco, CA, USA

This paper presents a perceptual model-based
speech enhancement algorithm. The proposed
algorithm measures the amount of the audible
noise in the input noisy speech explicitly by 
using a psychoacoustic model, and decides an
appropriate amount of noise reduction accord-
ingly to achieve good noise level reduction with-
out introducing significant distortion to the clean
speech embedded in the input noisy signal. The
proposed algorithm also mitigates the musical
noise problem commonly encountered in con-
ventional speech enhancement algorithms by
having the amount of noise reduction adapt to
the instantly estimated noise amplitude. Good
performance of the proposed algorithm has been
confirmed through objective and subjective tests.
Convention Paper 7646

2:30 pm

P26-3 Real Time Implementation of an ESPRIT-
Based Bass Enhancement Algorithm—
Lorenzo Palestini, Emanuele Moretti, Paolo
Peretti, Stefania Cecchi, Laura Romoli,
Francesco Piazza, Università Politecnica delle
Marche, Ancona, Italy

This paper presents a software real-time imple-
mentation for the NU-Tech platform of a bass
enhancement algorithm based on the FAPI 
subspace tracker and the ESPRIT algorithm for
fundamentals estimation to realize bass 
improvement of small loudspeakers exploiting the
well known psychoacoustic phenomenon of the
missing fundamental. Comparative informal listen-
ing tests have been performed to validate the vir-
tual bass improvement, and their results show
that the proposed method is well appreciated.
Convention Paper 7647

2:30 pm

P26-4 Low-Power Implementation of a Subband
Acoustic Echo Canceller for Portable 
Devices—Julie Johnson, David Hermann, John
Wdowiak, Edward Chau, Hamid Sheikhzadeh,
ON Semiconductor, Waterloo, Ontario, Canada

Portable audio communication devices require
increasingly superior audio quality while using
minimal power. Devices such as cell phones
with speakerphone functionality can generate
substantial acoustic echo due to the proximity of
the microphone and speaker. To improve the 
audio quality in such devices, an oversampled

subband acoustic echo canceller has been 
implemented on a miniature low-power dual core
DSP system. This application is comprised of
three subband-based algorithms: a Pseudo-
Affine Projection adaptive filter, an Ephraim-
Malah based single-microphone noise reduction
algorithm, and a novel nonlinear residual echo
suppressor. The system consumes less than 4
mW of power when configured with a 128 ms fil-
ter. Real-world tests indicate an echo return loss
enhancement of greater than 30 dB for typical
input levels.
Convention Paper 7648
[Paper presented by David Hermann]

2:30 pm

P26-5 A Digital Model of the Echoplex Tape Delay—
Steinunn Arnardottir, Jonathan S. Abel, Julius O.
Smith, Stanford University, Stanford, CA, USA

The Echoplex is a tape delay unit featuring fixed
playback and erase heads, a moveable record
head, and a tape loop moving at roughly 8 ips.
The relatively slow tape speed allows large fre-
quency shifts, including “sonic booms” and shift-
ing of the tape bias signal into the audio band.
Here, the Echoplex tape delay is modeled with
read, write, and erase pointers moving along a
circular buffer. The model separately generates
the quasiperiodic capstan and pinch wheel com-
ponents and drift of the observed fluctuating time
delay. This delay drives an interpolated write
simulating the record head. To prevent aliasing
in the presence of a changing record head
speed, an anti-aliasing filter with a variable cutoff
frequency is described.
Convention Paper 7649

2:30 pm

P26-6 A Digital Reverberator Modeled after the
Scattering of Acoustic Waves by Trees in a
Forest—Kyle Spratt, Jonathan S. Abel, Stanford
University, Stanford, CA, USA

A digital reverberator modeled after the scatter-
ing of acoustic waves among trees in an ideal-
ized forest is presented. Termed "treeverb," the
technique simulates forest acoustics using a net-
work of digital waveguides, with bi-directional 
delay lines connecting trees represented by mul-
ti-port scattering junctions. The reverberator is
designed by selecting tree locations and diame-
ters, with waveguide delays determined by inter-
tree distances, and scattering filters fixed accord-
ing to tree-to-tree angles and trunk diameters.
The scattering is modeled as that of plane waves
normally incident on a rigid cylinder, and a simple
low-order scattering filter is presented and shown
to closely approximate the theoretical scattering.
Small forests are seen to yield dense, gated 
reverb-like impulse responses.
Convention Paper 7650

Workshop 12 Sunday, October 5
2:30 pm – 4:00 pm Room 133

REVOLT OF THE MASTERING ENGINEERS

Chair: Paul Stubblebine, Paul Stubblebine 
�
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Mastering

Panelists: Greg Calbi
Bernie Grundman
Michael Romanowski

Mastering engineer Bernie Grundman has started a 
label, Straight Ahead Records, to record music he and
his partners like in a straight-ahead recording fashion,
and is putting it out on vinyl. Greg Calbi and the other
mastering engineers at Sterling have started a vinyl 
label. A couple of mastering engineers, Paul Stubblebine
and Michael Romanowski have started a re-issue label
putting out music they love on 15 IPS half track reel to
reel (www.tapeproject.com).

What’s behind this trend? Why are mastering engi-
neers giving up their non-existent free time to start labels
based on obsolete technologies? What does this say
about the current state of recorded music?

Workshop 13 Sunday, October 5
2:30 pm – 4:00 pm Room 206

WANNA FEEL MY LFE? AND 51 OTHER QUESTIONS 
TO SCARE YOUR GRANDMA

Cochairs: Florian Camerer, ORF – Austrian TV
Bosse Ternstrom, Swedish Radio

Florian Camerer, ORF, and Bosse Ternstrom, Swedish
Radio, are two veterans of surround sound production
and mixing. In this workshop a multitude of diverse ex-
amples will be played, with controversial styles, wildly dif-
fering mixing techniques, earth shaking low frequency 
effects, and dynamic range that lives up to its name! Be
prepared for a rollercoaster ride through multichannel 
audio wonderland!

Workshop 14 Sunday, October 5
2:30 pm – 4:00 pm Room 134

NAVIGATING THE TECHNOLOGY MINE FIELD 
IN GAME AUDIO

Chair: Marc Schaefgen, Midway Games

Panelists: Rich Carle, Midway Games
Clark Crawford, Midway Games
Kristoffer Larson, Midway Games

In the early days of game audio systems, tools and 
assets were all developed and produced in-house. The
growth of the games industry has resulted in larger audio
teams with separate groups dedicated to technology or
content creation. The breadth of game genres and num-
ber of “specialisms” required to create the technology
and content for a game has mandated that developers
look out of house for some of their game audio needs.

In this workshop the panel discusses the changing
needs of the game-audio industry and the models that a
studio typically uses to produce the audio for a game.
The panel consists of a number of audio directors from
different first-party studios owned by Midway games.
They will examine the current middleware market and
explain how various tools are used by their studios in the
audio production chain. The panel also explains how out-
of-house musicians or sound designers are outsourced
as part of the production process.

Tutorial 17 Sunday, October 5

2:30 pm – 4:30 pm Room 222

AN INTRODUCTION TO DIGITAL PULSE WIDTH 
MODULATION FOR AUDIO AMPLIFICATION

Presenter: Pallab Midya, Freescale Semiconductor Inc., 
Austin, TX, USA

Digital PWM is highly suitable for audio amplification.
Digital audio sources can be readily converted to digital
PWM using digital signal processing. The mathematical
nonlinearity associated with PWM can be corrected with
extremely high accuracy. Natural sampling and other
techniques will be discussed that convert a PCM signal
to a digital PWM signal. Due to limitations of digital clock
speeds and jitter, the duty ratio of the PWM signal has to
be quantized to a small number of bits. The noise due to
quantization can be effectively shaped to fall outside the 
audio band. PWM specific noise shaping techniques will
be explained in detail. Further, there is a need for sample
rate conversion for a digital PWM modulator to work with
a digital PCM signal that is generated using a different
clock. The mathematics of an asynchronous sample rate
converters will also be discussed. Digital PWM signals
are amplified by a power stage that introduces nonlinear-
ity and mixes in noise from the power supply. This mech-
anism will be examined and ways to correct for it will be
discussed.

Tutorial 18 Sunday, October 5
2:30 pm – 4:30 pm Room 130

FPGA FOR BROADCAST AUDIO

Presenter: John Lancken, Fairlight Pty. Ltd., Frenchs 
Forest, Australia
Girish Malipeddi, Altera Corporation, San 
Jose, CA, USA

This tutorial presents broadcast-quality solutions based
on FPGA technology for audio processing with significant
cost savings over existing discrete solutions. The solu-
tions include digital audio interfaces such as AES3/
SPDIF and I2S, audio processing functions such as sam-
ple rate converters and SDI audio embed/de-embed
functions. Along with these solutions, an audio video
framework that consists of a suite of A/V functions, refer-
ence designs, an open interface to easily stitch the AV
blocks, system design methodology, and development
kits is introduced. Using the framework system designers
can quickly prototype and rapidly develop complex audio
video systems.

Live Sound Seminar 12 Sunday, October 5
2:30 pm – 5:00 pm Room 131

INNOVATIONS IN LIVE SOUND—A HISTORICAL 
PERSPECTIVE

Chair: Ted Leamy, Pro Media | UltraSound

Panelists: Graham Blyth, Soundcraft
Ken Lopez, University of Southern California
John Meyer, Meyer Sound

New techniques and products are often driven by
changes in need and available technology. Today’s
sound professional has a myriad of products to choose
from. That wasn’t always the case. What drove the cre-
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ation of today’s products? What will drive the products of
tomorrow? Sometimes a look back is the best way to get
a peek ahead. A panel of industry pioneers and trailblaz-
ers will take a look back at past live sound innovations
with an emphasis on the needs and constraints that
drove their development and adoption.

Workshop 15 Sunday, October 5
4:30 pm – 6:00 pm Room 206

INTERACTIVE MIDI-BASED TECHNOLOGIES 
FOR GAME AUDIO

Chair: Steve Martz, THX Ltd.

Panelists: Chris Grigg, IASIG
Larry the O
Tom Savell, Creative Labs

The MIDI Manufacturers Ass’n (MMA) has developed
three new standards for MIDI-based technologies with 
applications in game audio. The 3-D MIDI Controllers
specification allows for real-time positioning and move-
ment of music and sound sources in 3-D space, under
MIDI control. The Interactive XMF specification marks the
first nonproprietary file format for portable, cue-oriented 
interactive audio and MIDI content with integrated script-
ing. Finally, the MMA is working toward a completely new,
and drastically simplified, 32-bit version of the MIDI mes-
sage protocol for use on modern transports and software
APIs, called the HD Protocol for MIDI Devices. 

Tutorial 19 Sunday, October 5
4:30 pm – 6:30 pm Room 133

POINT-COUNTERPOINT—
FIXED VS. FLOATING-POINT DSPS

Presenters: Robert Bristow-Johnson, Audio Imagination
Jayant Datta, THX, Syracuse, NY, USA
Boris Lerner, Analog Devices, Morwood, 
MA, USA
Matthew Watson, Texas Instruments, Inc., 
Dallas, TX, USA 

There is a lot of controversy and interest in the signal
processing community concerning the use of fixed and
floating-point DSPs. There are various trade-offs 
between these two approaches. The audience will walk
away with an appreciation of these two approaches and
an understanding of the strengths of weaknesses of
each. Further, this tutorial will focus on audio-specific
signal processing applications to show when a fixed-
point DSP is applicable and when a floating-point DSP is
suitable.

Tutorial 20 Sunday, October 5
5:00 pm – 6:45 pm Room 222

RADIO FREQUENCY INTERFERENCE 
AND AUDIO SYSTEMS

Presenter: Jim Brown, Audio Systems Group, Inc.

This tutorial begins by identifying and discussing the fun-
damental mechanisms that couple RF into audio sys-
tems and allow it to be detected. Attention is then given

to design techniques for both equipment and systems
that avoid these problems and methods of fixing prob-
lems with existing equipment and systems that have
been poorly designed or built.
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