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Dr. Acero is Research Area Manager at Microsoft Research, overseeing research in
speech technology, natural language, computer vision, communication and multimedia
collaboration. Dr. Acero is a Fellow of IEEE, VP for the IEEE Signal Processing
Society and was Distinguished Lecturer. He is author of the two books, and over 140
technical papers. He holds 29 US patents. He obtained his Ph.D. from Carnegie Mellon,
Pittsburgh, PA.
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Jont B. Allen received his BS in Electrical Engineering from the University of Illinois,
Urbana-Champaign, in 1966, and his MS and Ph.D. in Electrical Engineering from
the University of Pennsylvania in 1968 and 1970, respectively. After graduation he
joined Bell Laboratories, and was in the Acoustics Research Department in Murray
Hill NJ from 1974 to 1996, as a Distinguished member of Technical Staff. Since 1996
Dr. Allen was a Technology Leader at AT&T Labs-Research. Since Aug. 2003 Allen
is an Associate Professor in ECE, at the University of Illinois, and on the research staff
of the Beckman Inst., Urbana IL. During his 32 year AT&T career Prof. Allen has
specialized in cochlear and middle ear modeling and auditory signal processing. In the
last 10 years, he has concentrated on the problem of human speech recognition. His
expertise spans the areas of signal processing, physical acoustics, acoustic power flow
and impedance measurements, cochlear modeling, auditory neurophysiology, auditory
psychophysics, and human speech recognition. Professor Allen is a Fellow (May 1981)
of the Acoustical Society of America (ASA) and Fellow (January 1985) of the Institute
of Electrical and Electronic Engineers (IEEE). In 1986 he was awarded the IEEE
Acoustics Speech and Signal Processing (ASSP) Society Meritorious Service Award,
and in 2000 received an IEEE Third Millennium Medal.
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Jacob Benesty received the Master’s degree from Pierre & Marie Curie
University, France, in 1987, and the Ph.D. degree in control and signal
processing from Orsay University, France, in 1991. After positions at
Telecom Paris University as a consultant and a member of the technical
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After receiving his Ph.D. in 1988, Frédéric Bimbot joined CNRS in
1990 as a permanent researcher, working initially with ENST-Paris and
then with IRISA in Rennes. He also repeatedly visited AT&T — Bell
Laboratories between 1990 and 1999. His research is focused on audio
signal analysis, speech modelling, speaker characterization and audio
source separation. Since 2002, he is heading the METISS research group
dedicated to selected topics in speech and audio processing.
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Oldenburg, Germany in audiology. He is now scientist at the University of Oldenburg, Germany, where

thomas.brand@uni-oldenburg.de his research activities focus on psychoacoustics in audiology and measurement and

prediction of speech intelligibility.

>

o

=&

=

= .

& Nick Campbell Chapter D.25
Knowledge Creating Communication Nick Campbell received his Ph.D. in Experimental Psychology from the University of
Research Centre ) © Sussex in the U.K. and is currently engaged as a Chief Researcher in the Department
Acoustics & Speech Research Project, : of Acoustics and Speech Research at the Advanced Telecommunications Research
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nick@nict.go.jp Ears projects. He was first invited as a Research Fellow at the IBM UK Scientific

Centre, where he developed algorithms for speech synthesis, and later at the AT&T
Bell Laboratories where he worked on the synthesis of Japanese. He served as Senior
Linguist at the Edinburgh University Centre for Speech Technology Research before
joining ATR in 1990. His research interests are based on large speech databases and
include nonverbal speech processing, concatenative speech synthesis, and prosodic
information modelling. He spends his spare time working with postgraduate students
as Visiting Professor at the Nara Institute of Science and Technology (NAIST) and at
Kobe University in Japan.
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Dr. Campbell is a technical staff member in the Information Systems
Technology group at MIT Lincoln Laboratory. He received his Ph.D. in
Applied Mathematics from Cornell University in 1995. Prior to joining
MIT Lincoln Laboratory, he worked at Motorola on biometrics, speech
interfaces, wearable computing, and digital communications. His current
research interests include machine learning, speech processing, and plan

recognition.
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Royal Institute of Technology (KTH) Rolf Carlson is Professor in Speech Technology at KTH since 1995.
Department of Speech, Music and Hearing  Early research together with Bjorn Granstrom resulted in a multi-lingual
Stockholm, Sweden text-to-speech system in 1976. This formed the base of the speech

rolf@speech.kth.se technology company Infovox in 1982. He has served on the board of

ISCA and has published numerous papers in the speech research and
technology area, including work on multimodal spoken dialog systems.
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Bell Laboratories Dr. Chen holds a Ph.D in pattern recognition and intelligence control, an M.S. and
Alcatel-Lucent a B.S. in electrical engineering. From 1998 to 1999, he worked at ATR Interpreting
Murray Hill, NJ, USA Telecommunications Research Laboratories, Japan. From 1999 to 2000, he worked
Jingdong@research. bell-labs.com at Griffith University, Australia and from 2000 to 2001, he was with ATR Spoken

Language Translation Research Laboratories. He joined Bell Laboratories in 2001 as
a Member of Technical Staff. He has extensively published in the area of acoustic
signal processing for speech communications and authored/edited two books. He has
helped organizing several international conferences and workshops, and serves as
a member of the IEEE Signal Processing Society Technical Committee on Audio &
Electroacoustics.
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Juin-Hwey Chen is a Senior Technical Director at Broadcom Corporation. He received
his Ph.D. in Electrical Engineering from UC Santa Barbara in 1987. He is the primary
inventor of the ITU-T G.728 speech coding standard and the Broad Voice speech coding
standards in PacketCable, SCTE, ANSI, and ITU-T J.161. He was elected an IEEE
Fellow in 1995 and a Broadcom Fellow in 2006.
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Haifa, Israel
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Dr. Israel Cohen is a Professor of Electrical Engineering at the Technion—
Israel Institute of Technology. He obtained his Ph.D. degree in electrical
engineering from the Technion in 1998. From 1990 to 1998, he was

a Research Scientist with RAFAEL research laboratories, Israel Ministry
of Defence. From 1998 to 2001, he was a Postdoctoral Research Associate
with the Computer Science Department at Yale University. He is a senior

member of IEEE.
Jordan Cohen Chapter E.34
SRI International Jordan Cohen is a Senior Scientist at SRI International, specializing
Menlo Park, CA, USA in language based applications. He is the Principal Investigator for
Jrc@speech.sri.com the DARPA GALE program for SRI, coordinating the activities of 14

subcontractors to harness speech recognition, language translation, and
information annotation and distillation resources for the government.
Jordan received his Ph.D. in Linguistics from the University of
Connecticut, preceeded by a Masters’ Degree in Electrical Engineering
from the University of Illinois. He has worked in the Department of
Defense, IBM, and at the Institute for Defense Analyses in Princeon,
NIJ. Most recently, Jordan was the CTO of Voice Signal Technologies,
a company which produces multimodal speech-centric interfaces for
mobile devices. He is a member of the Acoustical Society of America
and the IEEE, and has published in both the classified and unclassified
literature of speech and language technologies.
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Google, Inc. Corinna Cortes is the Head of Google Research, NY, where she is working on a broad
Google Research range of theoretical and applied large-scale machine learning problems. Prior to
New York, NY, USA Google, Corinna spent more than ten years at AT&T Labs - Research, formerly AT&T

corinna@google.com

Bell Labs, where she held a distinguished research position. Corinna’s research work is
well-known in particular for her contributions to the theoretical foundations of support
vector machines (SVMs) and her work on data-mining in very large data sets for which
she was awarded the AT&T Science and Technology Medal in the year 2000. Corinna
received her Ph.D. in computer science from the University of Rochester in 1993.
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Avaya Labs Research

Multimedia Technologies Research
Department

Basking Ridge, NJ, USA
ejd@avaya.com

Dr. Diethorn received his Ph.D. in Electrical Engineering from the University of
llinois, Urbana-Champaign, in 1987. His professional focus is acoustical signal
processing for speech communications, and he has extensive experience in the fields of
acoustic- and electrical-echo cancellation, noise reduction and speech enhancement.
Prior to joining Avaya in 2002, Dr. Diethorn worked for AT&T Bell Laboratories,
Lucent Technologies, and Agere Systems.
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Simon Doclo received the Ph.D. degree in electrical engineering from the
Katholieke Universiteit Leuven, Belgium, in 2003. His research interests
are in microphone array processing for speech enhancement and source
localization, adaptive filtering, computational auditory scene analysis and
hearing aid processing. Dr. Doclo received a Best Student Paper Award at
the International Workshop on Acoustic Echo and Noise Control in 2001,
and the EURASIP Signal Processing Best Paper Award in 2003.
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Speech Technology Group
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Jasha Droppo received his Ph.D. from the University of Washington,
Seattle, in 2000. His thesis developed a discrete theory of time-frequency
distributions and non-stationary signal classification, with an application
to speech recognition. Since graduation, he has worked at Microsoft
Research, Redmond, on noise robust speech recognition, robust audio
capture, speech enhancement, and acoustic modelling for automatic
speech recognition.
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Faculté Polytechnique de Mons FPMs Thierry Dutoit graduated as an electrical engineer and earned his Ph.D. in 1988 and
TCTS Laboratory 1993 from the Faculté Polytechnique de Mons, Belgium, respectively, where he is now
Mons, Belgium a full professor. He spent 16 months as a consultant for AT&T Labs Research in Murray
thierry.dutoit@fpms.ac.be Hill and Florham Park, NJ, from July, 1996 to September, 1998. He is the author of

two books on speech processing and text-to-speech synthesis, and the coordinator of
the MBROLA project for free multilingual speech synthesis.
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Summit, NJ, USA
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Gary W. Elko studied electrical engineering at Cornell University. He continued his
studies in the area of acoustics and signal processing earning Masters and Doctoral
degrees at Penn State University. After graduation, he was employed in the Acoustics
Research Department at Bell Labs for more than 15 years. In 2002 he cofounded mh

acoustics LLC along with three colleagues.
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Tokyo, Japan
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Dr. Sadaoki Furui is engaged in a wide range of research on speech
analysis, speech recognition, speaker recognition, speech synthesis,
and multimodal human — computer interaction and has authored or
co-authored over 800 published articles. He has received Paper Awards
and Achievement Awards from the IEEE, the IEICE, the ASJ, the Minister
of Science and Technology, and the Minister of Education, and the Purple
Ribbon Medal from the Japanese Emperor.
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School of Electrical Engineering
Ramat-Gan, Israel
gannot@eng.biu.ac.il

Sharon Gannot received his B.Sc. from the Technion, Israel in 1986 and
the M.Sc. and Ph.D. from Tel-Aviv University, Israel, in 1995 and 2000,
respectively, all in Electrical Engineering. In 2001 he held a post-doctoral
position at K.U. Leuven, Belgium. From 2002 to 2003 he was a research
fellow at the Technion, Israel. Currently, he is a lecturer in the School of
Engineering, Bar-Ilan University, Israel. His research interests include
statistical signal processing and speech processing using either single-
or multi-microphone arrays.
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Scotts Valley, CA, USA
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Mazin Gilbert is a world expert in the area of spoken language technologies. He has
over 18 years of experience in industrial research at Bell Labs and AT&T Labs and
in academia at Rutgers University, Liverpool University and Princeton University. He
is currently Executive Director at AT&T Labs-Research. He is the author of a book
entitled, Artificial Neural Networks for Speech Analysis/Synthesis. He holds 16 US
patents, published over 90 papers, and is a recipient of several national and international
awards. He is currently pursuing an MBA for Executives at Wharton Business School.
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Ericsson Research, Ericsson AB
Stockholm, Sweden
volodya.grancharov@ericsson.com

Bjorn Granstrom

Michael Goodwin received the B.S. and M.S. degrees in Electrical Engineering and
Computer Science (EECS ) from the Massachusetts Institute of Technology and the
Ph.D. in EECS from the University of California, Berkeley, and is now with the Audio
Research Department of the Creative Advanced Technology Center in Scotts Valley,
California. His research interests include signal modeling and enhancement, audio
coding, spatial audio, and array processing, and he is currently chair of the IEEE Signal
Processing Society’s Technical Committee on Audio and Electroacoustics.
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Dr. Grancharov is a research engineer in the Multimedia Technologies,
~ Ericsson Research, Stockholm, Sweden. He holds a Ph.D. in telecommu-
nication from the Sound and Image Processing (SIP) Laboratory at the
Royal Institute of Technology (KTH), Stockholm, Sweden. His research
interests are in the fields of audio and video compression and quality
assessment.
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Patrick Haffner

Royal Institute of Technology (KTH) Bjorn Granstrom is Professor in Speech Communication at the Royal
Department for Speech, Music and Institute of Technology (KTH) since 1987. Early research together with
Hearing Rolf Carlson resulted in a multi-lingual text-to-speech system in 1976.

This formed the base of the speech technology company Infovox in
1982. He has published numerous papers in the speech research and
technology area, including work in audio-visual speech technology.

Chapter E.29

AT&T Labs-Research
IP and Voice Services
Middletown, NJ, USA
haffner@research.att.com

Roar Hagen

Global IP Solutions
Stockholm, Sweden
roar.hagen@gipscorp.com

Patrick Haffner is Lead Member of Technical Staff at AT&T Labs-Research. With Yann
LeCun and Vladimir Vapnik, he pioneered the use of Machine Learning (including
SVMs and FSMs) for document and image processing applications and is one of
the inventors of the DjVu platform. He currently works on algorithms and software
solutions for speech, language and sequence processing, with a particular focus on
global and large-scale solutions.
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Dr. Roar Hagen is co-founder and Chief Technology Officer for Global IP Solutions,
a company developing media processing software for I[P Communication. Roar began

| R&D within speech processing and coding in 1989. He previously held positions at

AT&T Bell Labs and Ericsson Research. He holds a doctorate in Electrical Engineering
from Chalmers University of Technology, Sweden, and an M.Sc. in Physics from
the Norwegian Institute of Technology, Norway. Roar Hagen has filed more than 10
patents.
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Dr. Mary Harper obtained her Ph.D. in Computer Science from Brown
University in 1990. She currently holds the rank of Professor in the
School of Electrical and Computer Engineering at Purdue University
and is a Senior Research Scientist at the Center for Advanced Study of
Language at the University of Maryland. Dr. Harper’s research focuses on
computer modeling of human communication with a focus on methods
for incorporating multiple types of knowledge sources, including lexical,
syntactic, prosodic, and most recently visual sources.
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Erlangen, Germany
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Wolfgang J. Hess

Fraunhofer Institute for Integrated Dr. Jiirgen Herre is the Chief Scientist for the Audio/Multimedia

activities at Fraunhofer IIS, Erlangen, Germany. He has been working on
the development of advanced multimedia technologies and, especially,

perceptual audio coding algorithms since 1989 and contributed to many
well-known audio coding algorithms, including MPEG-1 Layer 3 (MP3),
Advanced Audio Coding (AAC), MPEG-4 Audio and MPEG Surround.
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Bonn, Germany
wgh@ifk.uni-bonn.de

Kiyoshi Honda

Wolfgang Hess has been a professor of phonetics and speech communication at
the University of Bonn since 1986. He received his Dr.-Ing. degree in Electrical
Engineering in 1972 and the venia legendi for digital signal processing in 1980, both
from the Technical University of Munich. His research areas are speech analysis,
especially pitch determination, speech synthesis, and phonetics.
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Laboratoire de Phonétique
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ATR Cognitive Information Laboratories
Paris, France
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Yiteng (Arden) Huang

Bell Laboratories
Alcatel-Lucent

Murray Hill, NJ, USA
arden_huang@ieee.org

Matthieu Hébert

Kiyoshi Honda is a specialist in speech production with medical background and
research career at the University of Tokyo, Haskins Labs, University of Wisconsin,
and ATR. His main interest is the discovery of speech production mechanisms using
medical techniques such as EMG and MRI. His major works include mechanisms of
vocal control and vowel articulation. Since recently he works on vocal-tract modelling
and phonetic instrumentation techniques.
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Dr. Yiteng (Arden) Huang received his Ph.D. in Electrical and Computer

*  Engineering from Georgia Tech in 2001. Upon graduation, he joined Bell
Laboratories, and has been, so far, working there as a member of Technical
Staff. He has extensively published in acoustic MIMO signal processing
for speech and has authored/edited 3 books. He received the 2002 Young
Author Best Paper Award from the IEEE Signal Processing Society, has
served on several editorial boards/technical committees, and has helped
organize a couple of international IEEE workshops.
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Montréal, Québec, Canada
hebert@nuance.com

Dr. Hébert received a Ph.D. in theoretical physics from the Université
de Sherbrooke in 1995. After a post-doctoral appointment at College
de France in Professor de Gennes’ laboratory, he was hired by
Nortel Networks in the Speech Division. In 1999, he joined Nuance
Communications’ R+D team. In 2002, he assumed the R+D lead
for Nuance Verifier. His research interests are in speaker and speech
recognition as well as natural language understanding.
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Georgia Institute of Technology Biing Hwang (Fred) Juang received his Ph.D. from the University of California, Santa
School of Electrical Barbara. After over two decades of career at Bell Laboratories, he joined Georgia
& Computer Engineering Institute of Technology in 2001, holding the Motorola Foundation Chair Professorship.

Atlanta, GA, USA

A Professor Juang has received numerous technical awards, including the Technical
juang@ece.gatech.edu

Achievement Award from the Signal Processing Society of the IEEE, and the IEEE
Third Millennium Medal. He is a Fellow of the IEEE, a Fellow of Bell Laboratories,
a member of the National Academy of Engineering and an Academician of Academia
Sinica.
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Kyoto, Japan
kawahara@i.kyoto-u.ac.jp

Tatsuya Kawahara received the B.E. degree in 1987, the M.E. degree in 1989, and
the Ph.D. degree in 1995, all in information science from Kyoto University, Japan.
Currently, he is a Professor in the Academic Center for Computing and Media Studies
and an Adjunct Professor in the School of Informatics, Kyoto University. He has
published more than 100 technical papers covering speech recognition, confidence
measures, and spoken dialogue systems.

Ulrik Kjems Chapter 1.52

Oticon A/S
Smgrum, Denmark
uk@oticon.dk

Ulrik Kjems received his Ph.D. in 1998 and worked two years as a post
doc researcher at the Technical University of Denmark, Department of
Mathematical Modelling, on topics of statistical analysis of brain scan
images. Since 2000 he is a DSP and algorithm designer at hearing
aid manufacturer Oticon, working with noise suppression, speech
enhancement and beam-forming systems.
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Oregon Health & Science University Dr. Esther Klabbers is an expert in the speech synthesis field. She has
Center for Spoken Language a Ph.D. from the Eindhoven University of Technology, the Netherlands.
Understanding, Dr. Klabbers currently works as an Assistant Scientist at the Center for

0GI School of Science and Engineering
Beaverton, OR, USA
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Spoken Language Understanding. Her expertise involves many areas of
speech synthesis, such as prosody modeling, corpus design, perceptual
evaluations and health-related applications of speech synthesis.
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Royal Institute of Technology (KTH) Bastiaan Kleijn is a Professor at the School of Electrical Engineering at KTH (Royal
School of Electrical Engineering, Institute of Technology) in Stockholm, Sweden and heads the Sound and Image
Sound and Image Processing Lab Processing Laboratory. He is also a founder and former Chairman of Global IP

Stockholm, Sweden

bastiaan. kleijn@ee.kth.se Solutions where he remains Chief Scientist. He holds a Ph.D. in Electrical Engineering

from Delft University of Technology (Netherlands), a Ph.D. in Soil Science and an
M.S. in Physics, both from the University of California, and an M.S. in Electrical
Engineering from Stanford University. He worked on speech processing at AT&T
Bell Laboratories from 1984 to 1996, first in development and later in research. He is

a Fellow of the IEEE.
Birger Kollmeier Chapter A.4
Universitdt Oldenburg Birger Kollmeier obtained his Ph.D. in physics and his Ph.D. in medicine in Géttingen,
Medizinische Physik Germany. Since 1993 he is a full professor in physics and head of the medical physics
Oldenburg, Germany group at the Universitit Oldenburg performing fundamental and applied research in
birger.kollmeier@uni-oldenburg.de

psychoacoustics, speech processing, hearing aids and auditory neuroscience. He is the
chairman of the translational research institutions Horzentrum Oldenburg and HorTech,
i.e. national center of excellence in hearing technology and audioloy, and was awarded
several prizes.
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Ermin Kozica received his M.Sc. degree in Electrical Engineering from
KTH in January 2006. Since then, he is a graduate student in the Sound
and Image Processing Lab., School of Electrical Engineering at KTH.
The working title of his thesis is Methods for Robust Video Coding. His
research interests include video processing, image processing and signal
processing in general.
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Northern lllinois University Dr. Kuo is a Professor and Chair of Electrical Engineering at the
Department of Electrical Engineering Northern Illinois University, DeKalb, IL. He received the B.S. degree
DeKalb, IL, USA from the National Taiwan Normal University, Taipei, Taiwan, in 1976

and the M.S. and Ph.D. degrees from the University of New Mexico in
1983 and 1985, respectively. In 1993, he was with Texas Instruments,
Houston, TX.He serves as an associate editor for IEEE Transactions on
Audio, Speech and Language Processing since June 2006 to present.
Dr. Kuo is the leading author of five books, has been awarded seven
US patents and has published over 190 technical papers. His research
focuses on active noise and vibration control, real-time DSP systems,
adaptive echo and noise cancellation, biomedical signal processing, and
digital communication and audio applications.
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Chin-Hui Lee
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and Computer Engineering
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Dr. Jan Larsen received Ph.D. degree from the Technical University of Denmark
(DTU) in 1994 and is currently Associate Professor at Informatics and Mathematical
Modelling, DTU. He has authored and co-authored more than 100 papers and book
chapters in the areas of machine learning for signal processing, and has been involved
in many IEEE conference organizations.
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Jan Linden

Dr. Chin-Hui Lee received his Ph.D. degree from University of Washington in

~ 1981. His current research interests include multimedia communication, speech and
language processing, biometric authentication, and information retrieval. In 2007 he

received a Technical Achievement Award from the IEEE Signal Processing Society for
“Exceptional Contributions to the Field of Automatic Speech Recognition”. Dr. Lee is
a fellow of the IEEE.
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Dr. Haizhou Li received his Ph.D degree from the South China University of
Technology in 1990. He is now the Head of Human Language Technology
Department at the Institute for Infocomm Research, Singapore. His
research interests include automatic speech recognition, speaker and
language recognition, and natural language processing. Dr Li is a recipient
of the National Infocomm Award 2001 in Singapore. He is the Vice
President of COLIPS and a Senior Member of IEEE.

Chapter C.15

Global IP Solutions
San Francisco, CA, USA
jan.linden@gipscorp.com

Jan Linden is the Vice President of Engineering at Global IP Solutions.
He has been conducting research and development in speech processing
and communications for more than 15 years. Prior to joining Global IP
Solutions he was with the University of California, Santa Barbara and
SignalCom. He holds a Ph.D. and an M.Sc. in Electrical Engineering
from Chalmers University of Technology, Sweden.
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in Erlangen, Germany, in 1997. He was engaged in the implementation of the audio
coding schemes mp3 and MPEG-4 AAC on embedded platforms. Since 2001 he is
in the position of a group manager now heading the Audio for Communcation group
that deals with research, implementation and optimization of low-delay audio codecs
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applications. He is actively participating in the standardization of audio codecs in
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Dr. Ma is a Research Scientist in the Speech and Dialogue Processing group, Institute
for Infocomm Research (I?R), Singapore. Prior to joining I’R, he worked in speech
recognition at the Chinese Academy of Sciences, Lernout & Hauspie Speech Products,
and InfoTalk Corporation. He received his Ph.D. degree from The University of Hong
Kong in speech recognition. He is a Senior Member of IEEE.
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Dr. Maxwell is a Senior Research Scientist at the Center for Advanced
Study of Language at the University of Maryland. He obtained his Ph.
' D. in Linguistics from the University of Washington in 1984. Prior to
%_ joining the University of Maryland, his research included describing
endangered languages of Ecuador and Colombia (under the auspices of
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Dr. Alan McCree has been with MIT Lincoln Laboratory since 2004,

Department of Information Systems where he conducts research in speech coding, noise suppression, and

speaker recognition. He has also worked at Texas Instruments, AT&T
Bell Laboratories, and M/A-COM Linkabit. He is an IEEE Fellow. Dr.
McCree has published 40 technical papers and has been awarded 30 U.
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