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Conference location: International Conference Hall, Makuhari Messe International
Convention Complex.

(Tutorials: Sunday 26 September. Conferences: Monday 27 September - Thursday
30 September.)

Welcome reception location: Hotel New Otani Makuhari (Monday 27 September
from 19:00)

Student reception location: Y's Buffet (located in the Makuhari Techno Garden
building, CD wing, 3rd floor) (Tuesday 28 September from 19:15)

Banquet location: Apa Hotel & Resort Tokyo Bay Makuhari (Wednesday 29
September from 19:00)
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Welcome to INTERSPEECH 2010

Message from the ISCA President

On behalf of the International Speech Communication Association (ISCA), welcome to
INTERSPEECH 2010 in Makuhari. This conference is the 11" in the long cycle that bears the
INTERSPEECH label and that already includes conferences in the wonderful venues of Beijing,
Aalborg, Denver, Geneva, Jeju, Lisbon, Pittsburgh, Antwerp, Brisbane, and Brighton. It is not
however the first time that the spoken language community gathers in Japan, as this country hosted the
very first ICSLP conference in Kobe, twenty years ago, and we came back again to this beautiful
country in 1994,

In this conference, the community honors one of its unquestionable leaders, Prof. Steve Young, as the
ISCA Medalist for 2010. We shall also recognize several other ISCA members who, for their technical
merit and service to the Association, were recently elected as ISCA Fellows: Alex Acero, Janet Baker,
John Hansen, Lin-shan Lee, Nelson Morgan, and Philip Woodland.

possible without the work of the many volunteers that | thank every year again and again, starting with
our archive and ISCApad volunteers, Wolfgang Hess and Christian Wellekens, the Distinguished
Lecturers who gave talks during the past year, Abeer Alwan and Rich Stern, the Special Interest
Groups coordinators, the International Sub-Committee representatives, the many workshop organizers,
the members of the IAC, and last but not least, our very active Student Advisory Committee. The
Board could not have worked without your continuing help and support. Thank you all!

The most visible changes in ISCA during the past year have probably been the totally revamped
website and newsletter. We hope that they can convey to all members the image of a bright,
hardworking, young Association, despite its long history. We are firmly committed to make it better
and better. Please help us with your suggestions. Come to our General Assembly on Tuesday evening.

INTERSPEECH 2010 confirms the long tradition of quality and the interdisciplinary mixture of
science and technology papers of previous conferences, with over thirteen hundred papers submitted,
and approximately 58% of the regular papers selected for presentation after the peer review process.
This quality was recently recognized by the inclusion of past proceedings in major citation indexes.
Thanks to all the reviewers!

However, tradition alone does not ensure a high quality conference. Nothing would be possible
without the excellent work of a very hard working team led by Professors Keikichi Hirose and
Yoshinori Sagisaka, Chair and Co-Chair of this conference, and on the Technical program side by
Professors Satoshi Nakamura and Minoru Tsuzaki. My profound thanks go to the whole team. We are
all looking forward to a great conference, with excellent keynotes and tutorials, interesting sessions,
and a unique social program.

Next year we shall meet in Florence, and in 2012 in Portland. It is my great pleasure to announce that
in 2013 the conference will take place in Lyon, France, the country of the first EUROSPEECH
conference back in 1989. I wish you all a very successful conference.

Isabel Trancoso
ISCA President



Message from the General Chair

Dear fellow scientists:

On behalf of the organizing committee, I warmly welcome you to
INTERSPEECH 2010 in Chiba, Japan.

The study of spoken language processing is inherently interdisciplinary, and

is comprised of diverse academic areas ranging from psychology, linguistics,
physiology, and physics, to medicine, education, and engineering. Spoken
language is unique because it changes its shape and form depending on the
language, although the mechanism of speech production is largely identical |
in all human beings.

International interaction among a myriad of scientific disciplines is essential to better understand
spoken language processing and advance its technologies. This need prompted Prof. Hiroya Fujisaki
and his colleagues to inaugurate ICSLP (International Conference on Spoken Language Processing) in

P #'$% &3S " & ) in 2000 (Beijing, China), and, when ICSLP
and EUROSPEECH merged, became their main title. Therefore, this year marks the 20th anniversary
of the birth of ICSLP in Japan, and the 10th anniversary of the birth of INTERSPEECH

During the past two decades, Japan has hosted 2 ICSLPs (1990 in Kobe and 1994 in Yokohama) but
not INTERSPEECH. Your hosts are pleased to provide you with an opportunity to exchange views on
our common interests.

Spoken language is a core part of civilization. Spoken language processing technologies have
advanced tremendously in recent years. Yet many people are denied access to such advances due to
physical problems, economical situations, under-resourced languages, and other limitations. It is
incumbent on us spoken language scientists to meet this challenge. This is why INTERSPEECH
* + , %
./ - ecial sessions, and tutorlals reflect our |deal

My special thanks are due to 3 keynote speakers. On 27 September immediately following the opening
-& ! 0] - 1 - ) ) )

statistically based spoken language technologies + *

2 + 3.4 5 - & ! Tohru Ifukube will enlighten us on how speech

technology enriches the physically challenged popul + * )

technology supporting seeing, hearing and speaki . 4

September, Dr. Chiu-yu Tseng will shed light on the role of prosody in human processing of spoken

+ *6 I

Spoken language translation is a key to overcome language barriers. Japan has been playing a leading

5 1 * eech translation technology: Communication beyond
; 30 September. My special thanks go to our session
speakers for accepting our requests.

I would like to express our thanks to everyone who proposed tutorials and special sessions. 9 tutorials

in 3 tracks are offered on 26 September. | encourage INTERSPEECH 2010 participants, especially

junior scientists, to attend these information-packed opportunities. Special sessions that reflect this
1

by proposers and our program committee.

I am deeply grateful for everyone who submitted papers, without which INTERSPEECH cannot
survive.

Various public institutions and private corporations have generously agreed to provide financial and
material support. More than 20 exhibition booths enrich the conference. Their support and
participation are gratefully acknowledged.



The Chiba Convention Bureau and International Center supported us from the very beginning of our
planning. The Nippon Travel Agency helped us with conference registration. | offer many thanks to
both.

It was towards the end of 2004 that we proposed to host INTERSPEECH 2010. Many colleagues have
been involved in the past 6 years. | would like to express my sincere appreciation to all of them,
particularly to our program chair Dr. Satoshi Nakamura and members of the local organizing
committee, who dedicated their precious time and efforts for the preparation of the conference. | am
also indebted to our advisory members, whose timely advice enabled this conference to become reality.

I wish you all a pleasant stay in Makuhari.
Best regards,

Keikichi Hirose
General Chair, INTERSPEECH 2010

Message from the Technical Program Chair

Welcome to INTERSPEECH 2010. INTER &$$

and most comprehensive conference on issues surrounding the science and
technology of spoken language processing both in humans and in machines.
(1] * +

Regardless of age, health conditions, na - I

We solicited solid research works on a broad range of the following areas | =
which offered innovative contributions from the viewpoint of either a &
methodological or practical application:

Speech Perception and Production
Linguistics, Phonology, Phonetics
Para-/ Non- linguistic Information
Language Processing
Analysis, Enhancement and Coding of Speech and Audio Signals
Speaker and Language ldentification
Speech and SL Generation, Speech Synthesis
% , & 1
% ’ h (
% , %
LVCSR and its Applications
Technologies and Systems for New Applications
Spoken Dialogue System, Spoken Language Understanding, Speech Translation, and Information
Retrieval

e Application, Evaluation, Standardization, SL Resources

® © © o o o o o o o o o o

This year we had 1324 papers submitted, of which 778 are included in the program. The final program
consists of 40 oral sessions, 40 poster sessions and three keynotes. In addition to the regular sessions,
we opened a call for special sessions and selected eight special sessions. The topics of the special
sessions vary reflecting the conference theme: Open Vocabulary Spoken Document Retrieval;
Compressive Sensing for Speech and Language Processing; Social Signals in Speech; Quality of
Experiencing Speech Services; Speech Intelligibility Enhancement for All Ages, Health Conditions

$ § #3% &% ~ & , - Gender, and Affect; Models

, 6 % ; and Fact and Replica of Speech Production.



Before the main program starts on Monday, you can join the tutorials, which cover state-of-the-art
g - "

Applications; Foundations of Statistical Machine Translation: Past, Present and Future Speech and
Language Technology for Linguists and other Human Scientists; Conditional Random Fields and
Direct Decoding for Speech and Language Processmg, Mobile Voice Search; Multilingual Speech
& , % ( "*echnologies; Kernel Engineering for Fast and
Easy Design of Natural Language Applications; 1 % 81 & ,
Pathologies, Treatment Assistance, Clinical Trials.

The challenging task of reviewing submissions was efficiently handled by the Technical Program
Committee consisting of the Area and Sub-area Coordinators: Masahiro Araki, Mary Beckman, Jared
Bernstein, Alan Black, Nick Campbell, Jianwu Dang, Li Deng, Pascale Fung, Mark J. F. Gales, Jean-
Luc Gauvain, Satoshi Imaizumi, Toshio Irino, Akinori Ito, Naoto Iwahashi, Hisashi Kawai, Diane
Kewley-Port, Genichiro Kikui, Norihide Kitaoka, Bastiaan Kleijn, Akinobu Lee, Haizhou Li, Kikuo
Maekawa, Kazunori Mano, Tomoko Matsui, Michael McTear, Helen Meng, Roberto Pieraccini,
Koichi Shinoda, and Tetsuya Takiguchi.

The submissions were divided into 11 main areas, where the Speech Recognition area has an
additional set of four sub-areas, and were reviewed by a total of 663 reviewers. To handle a large
number of quality submissions, we had to ask a big favor of the reviewers. We would like to thank
their great contributions to the review process. We also have to mention that some of them did help us
complete outstanding reviews in a very short period. We sincerely appreciate their contributions.

After the review process, the Area Coordinators carefully analyzed the review results and gathered in
Kyoto to fix the final program of the conference. We had an intensive discussion during the two-day-
meeting and worked out all the paper judgments and session designing. | would like to express my
heartfelt gratitude to all Area/Sub-area Coordinators, the ISCA Board, and the ISCA president for their
support and help.

In addition, | would like to express my thanks to Prof. Minoru Tsuzaki, the Technical Program
Committee Co-Chair, for all his support in the whole process starting with preparation of the Call for
Papers. | would also like to thank Ms. Manami Matsuda for all her hard work as a part of the
" & ! " +

manner.

Last but not least, | thank you for all the contributions to the INTERSPEECH 2010 conference: for
attending sessions, presenting papers, being session chairs, and performing all those other necessary
functions. We once again welcome you to the exciting city of Makuhari with its wide variety of
attractions: shopping at big malls, watching baseball games at Chiba Marine Stadium, enjoying nature
in Mihama-en and other neighborhood parks and gardens.

Satoshi Nakamura
Technical Program Chair, INTERSPEECH 2010



INTERSPEECH 2010 Information

Location

International Conference Hall

Makuhari Messe International Convention Complex
Nakase 2-1, Mihama-ku

Chiba 261-0023 Japan

Telephone: +81 (0)43-296-0001

Registration

The conference registration desk is located on the 1st floor of the International Conference Hall.
Opening hours are:

<Tutorial registration>

<Conference registration>

Regular registration includes:

1 USB memory device containing the Conference Proceedings
1 Conference Program & Abstract Book

1 ticket to the Welcome Reception (Monday 27 September)

1 conference bag

Student registration includes:

1 USB memory device containing the Conference Proceedings
1 Conference Program & Abstract Book

1 ticket to the Welcome Reception (Monday 27 September)

1 ticket to the Student Reception (Tuesday 28 September)

1 conference bag

Badge

Your name badge, issued to you when you register, must be worn to all conference sessions and social
events for identification and security purposes.

Non-Smoking Event

Smoking is not permitted anywhere inside the International Conference Hall.

Language
The official language of INTERSPEECH 2010 is English.



Speaker Preparation Room

The Speaker Preparation Area is located in rooms 213, 214 and 215. Presenters of oral papers should
test and confirm that presentations will display properly on the projectors in the venue before your
talk.

You may use our PCs pre-installed at the conference site if you will not or cannot use your own PC.
To use our PCs, upload your presentation using USB flash memory devices in the preparation rooms.
Upload no later than the start of the session before your own.

The room will be open during the following times:

< =9 , 5
1 > 502 , >0
" 5 502 , >
@ 50?2 , >0
" ? 5? , 9

Coffee Breaks

Refreshments are served on the 2nd floor of the International Conference Hall at times as shown on
the program.

Lunch Breaks

Numerous cafes and restaurants are available near the conference venue. Conference registration does
not include lunch.

Internet Access

WiFi (802.11g) wireless internet access is available at most locations in the conference venue. WEP
keys will be posted at the conference front desk.

Wired internet connections for your own laptops are provided in the internet room (Room 205). Cables
will be provided. The internet room also has several PCs for internet browsing. The internet room will
be open daily from Monday 27 September to Thursday 30 September from 09:30 to 17:00.

Printing Services

Printing services including color photocopying and large-format color printing are available at the
*) 1+ Lo 1 $ - +2?
meters) northwest from the conference venue. They are open on weekdays from 09:00 to 17:30.
(http://www.makuhari.co.jp/e-shop/index.html)

Printing services are not available at the conference site.



General Information

Makuhari Messe International Convention Complex

Makuhari Messe is one of Japan's largest venues for international exhibitions and conferences.
Makuhari Messe is wheelchair accessible.

Makuhari Messe is located along Tokyo Bay adjacent to Makuhari Marine Park. Nearby attractions
include the Tokyo Disney Resort (comprised of Disneyland and DisneySea, the latter with shows not
available elsewhere), the Kasai Aquarium, the Chiba Prefectural Museum of Art (paintings,
calligraphy, statues, and ceramics by local artists), the Boso-no-mura (an open-air museum with
samurai and farm houses), and the Chiba Marine Baseball Stadium. Public parks along the bay
including Mihamaen (Japanese garden) offer relaxing strolls.

Makuhari Messe provides convenient access to international travelers: 30 minutes by bus from Narita
international airport, and 30 minutes by train from JR Tokyo central station (5-minute walk from
Kaihin Makuhari train station).

Accommodation is plentiful. Hotels with a variety of room rates are located within a few blocks.

For shopping, the Plena Makuhari, the Messe Amuse Mall (one of Japan's largest), the Mitsui Outlet
Park, and the AEON supermarket are located at or near the Kaihin Makuhari train station.

Makuhari Messe was constructed in 1989 at the core of Makuhari New City, a district within Chiba
City. Easy access to downtown Tokyo has enticed major companies such as Sharp, Fujitsu, IBM,
Canon, and NTT to relocate.

Climate

Late September is early fall in Chiba and Tokyo. Typical temperatures in late September are lows
around 18 Celsius and highs around 24 Celsius. Layered clothing and rainwear are suggested.

Time Zone
Japan Standard Time (JST) is UTC/GMT +9:00 hours. Japan has no daylight savings time.

Currency

The Japanese currency unit is the yen (JPY) (1 US dollar = 86 yen as of 9 August 2010). Major credit
cards such as VISA, MasterCard, American Express, Diners Club, and JCB are accepted at most hotels
and many stores.

Tipping and Tax

There is no tipping in Japan. Customers pay the exact amount that appears on the bill. Japan has a 5%
consumer tax nationwide on all goods and services. All published prices (including restaurant menus,
taxi fares, supermarket prices) include consumer tax.

Electricity

AC line (mains) voltage is 100 volts nationwide. AC frequency is 50 Hz at Makuhari and the rest of
eastern Japan (including Chiba, Tokyo, and Yokohama). Western Japan (including Nagoya, Kyoto, and
Osaka) uses 60 Hz. Power outlets are flat, parallel 2-prongs identical to North America.



Transportation from Narita Airport

For details, visit: http://www.m-messe.co.jp/en/access/access_public.html.
(1) By public transportation

i) Narita Airport — (Highway bus, 30 minutes) — Bus stops at hotels near Makuhari Messe
Details: http://www.keiseibus.co.jp/pc/kousoku/pdf/day/nrt10_en.pdf
ii) Narita Airport/Terminal 2 train station — (Keisei line limited express, 35 minutes)
— Keisei Tsudanuma station — (Keisei Chiba line, 3 minutes)
— Keisei Makuhari Hongo station — (Keisei bus, 15 minutes)
— 6 *1 + 1 R - 1+ L
(2) By car
The following are rough directions.
Makuhari Messe is a 30-minute drive from the Narita Airport. Take the Higashi Kanto Expressway.
Take the Wangan Chiba exit. Drive 5 minutes to Makuhari Messe.

Transportation from Downtown Tokyo

For details, visit: http://www.m-messe.co.jp/en/access/access_public.html.
(1) By public transportation to Kaihin Makuhari JR train station (the nearest station to Makuhari
Messe)
i) JR Tokyo station — (JR Keiyo line rapid train, 29 minutes) — JR Kaihin Makuhari station
i) JR Hatchobori station (transfer here for the Tokyo Metro Hibiya line)
— (JR Keiyo line rapid train, 27 minutes) — JR Kaihin Makuhari station
iii) JR Shinkiba station (transfer here for the Tokyo Metro Yurakucho line)
— (JR Keiyo line, 21 minutes) — JR Kaihin Makuhari station
iv) JR Tokyo station — (JR Sobu line rapid train, 25 minutes) — JR Tsudanuma station
— (JR Sobu line, 7 minutes) — JR Makuhari Hongo station — (Keisei bus, 15 minutes)
— 6 *1 + 1 - .- W4 1+ I
(2) By car
The following are rough directions.
Makuhari Messe is a 40-minute drive from downtown Tokyo or Tokyo International Airport
(Haneda). Take either (a) the Higashi Kanto Expressway, and take the Wangan Narashino exit, or

(b) take the Keiyo Toll Road, and take the Makuhari exit. From either exit, drive 5 minutes to
Makuhari Messe.

Walking Directions from Kaihin Makuhari JR Train Station to Makuhari Messe

Take the station's south exit. Take Kokusai-odori southwest, towards the bay. Walk 5 minutes to
Messe-odori. Makuhari Messe is on the southwest corner of Kokusai-odori and Messe-odori.

Major Hotels within Minutes of the Conference Site

(1) Hotel New Otani Makuhari (= Welcome reception location)
2-120-3, Hibino, Mihama-ku, Chiba-city, Chiba 261-0021, Japan
Telephone: +81-(0)43-297-7777, Fax: +81-43-297-7788
http://www.newotani.co.jp/en/makuhari/

(2) Apa Hotel & Resort Tokyo Bay Makuhari (= Banquet location)
2-3, Hibino, Mihama-ku, Chiba-city, Chiba 261-0021, Japan
Telephone: +81-(0)43-296-1111
http://www.tokyobay-makuhari.com/english/

(3) Hotel The Manhattan
2-10-1 Hibino,Mihama-ku Chiba-shi,Chiba 261-0021 Japan
Telephone: +81-(0)43-275-1111, Fax: +81-43-275-1197
http://www.the-manhattan.co.jp/english/



(4) Hotel Francs
2-10-2 Hibino, Mihama-ku, Chiba City 261-0021, Japan
Telephone: +81-(0)43-296-2111, Fax: +81-(0)43-296-2120
http://www.francs.co.jp/e/

Links

(1) The Makuhari Messe International Complex, http://www.m-messe.co.jp/en/index.html
(2) Makuhari New City, http://www.makuhari.or.jp/main/english/index_e.html

(3) Narita Airport, http://www.narita-airport.jp/en/

(4) Tokyo Metropolitan Government, http://www.metro.tokyo.jp/ENGLISH/index.htm
(5) Visit Japan, http://www.jnto.go.jp/



INTERSPEECH 2010 Social Program

Welcome Reception
Monday 27 September from 19:00, Hotel New Otani Makuhari

All INTERSPEECH participants are cordially invited to the Welcome Reception to be held on Monday
27 September at the Hotel New Otani Makuhari. The reception features beverages and a buffet meal in
a casual poolside outdoor setting. (Indoors in inclement weather.) Come mingle with your colleagues
in a relaxed atmosphere. The reception hall is easily accessed via a walkway from the conference site.
Doors open at 19:00. Your conference badge serves as your entry pass. Accompanying persons are
asked to purchase tickets either at the INTERSPEECH registration website or at the conference front
desk.

Student Reception
Tuesday 28 September from 19:15, Y's Buffet

All students at INTERSPEECH are cordially invited to the Student Reception to be held on Tuesday
28 September at the Y's Buffet. The reception features all-you-can-drink-and-eat beverages and snacks
in a convivial standing setting. Come mingle with fellow students and meet selected distinguished
scientists in a relaxed atmosphere. Y's Buffet is located in the MTG (Makuhari Techno Garden)
building, a 12-minute walk northeast and inland from the conference site. Doors open at 19:15.
Tickets are included in the conference bags of all students. This event is open to ISCA student
members only.

Conference Banquet
Wednesday 29 September from 19:00, Apa Hotel & Resort Tokyo Bay Makuhari

All INTERSPEECH participants are cordially invited to the Conference Banquet to be held on
Wednesday 29 September at the Apa Hotel & Resort Tokyo Bay Makuhari. The reception features a
full-course meal served in a smart casual seated setting. Planning for a special attraction is going on.
Come join us for an evening of culture and cuisine. The reception hall is easily accessed via a
walkway from the conference site. Doors open at 19:00. Reservations are essential. Tickets are JPY
7000 per person. Tickets are heavily discounted and bound to sell out early. Advance purchase is
possible and strongly recommended at the INTERSPEECH website when you register for the
conference. A limited number of tickets may be sold at the conference front desk. No tickets will be
available at the door.
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Satellite Events

Young Researchers' Roundtable on Spoken Dialogue Systems 2010 (YRRSDS 2010)
22-23 September 2010, Waseda University, Tokyo, Japan
http://www.yrrsds.org/

The Young Researchers' Roundtable on Spoken Dialogue Systems is an annual workshop designed for
students, post docs, and junior researchers working in research related to spoken dialogue systems in
both academia and industry. The roundtable provides an open forum where participants can discuss
their research interests, current work and future plans. The workshop is meant to provide an
interdisciplinary forum for creative thinking about current issues in spoken dialogue systems research,
and help create a stronger international network of young researchers working in the field.

22-24 September 2010, ATR, Kyoto, Japan
http://www.ssw7.org/

The Seventh ISCA Tutorial and Research Workshop (ITRW) on Speech Synthesis will take place at
Advanced Telecommunications Research Institute International (ATR) in Japan. Objective includes 1)
to promote research and development of all aspects of speech synthesis, 2) communication and
collaboration among speech synthesis researchers, 3) to provide opportunity for young researchers to
receive feedback from experts, 4) refreshing respite from daily concerns of TTS R&D encouraging
long-term idea generation.

Second Language Studies: Acquisition, Learning, Education and Technology

22-24 September 2010, Waseda University, Tokyo, Japan
http://www.gavo.t.u-tokyo.ac.jp/L2WS2010/

Satellite Workshop on Second Language Studies will be co-organized by AESOP, SLaTE, NICT and

LASS and be held at the International Conference Center of Waseda University in Tokyo. The aim of

the workshop is for people working in speech science and engineering, linguistics, psychology,

language education to get together and discuss second language acquisition, learning, education and

technology. The workshop theme is interdisciplinary, ranging over but not exclusive to spoken and

written L2 acquisition and learning, designing and constructing corpora for language research, speech
- e + ¢ )

all theoretical and practical topics will be considered.

Dialogue
24-25 September 2010, University of Tokyo, Tokyo, Japan
http://www.sigdial.org/workshops/workshop1l

The SIGDIAL venue provides a regular forum for the presentation of cutting edge research in
discourse and dialogue to both academic and industry researchers. Continuing with a series of
successful ten previous meetings, this conference spans the research interest area of discourse and
dialogue. The conference is sponsored by the SIGDIAL organization, which serves as the Special
Interest Group in discourse and dialogue for both ACL and ISCA.

Blizzard Challenge Workshop

25 September 2010, ATR, Kyoto, Japan
http://www.synsig.org/index.php/Blizzard_Challenge_2010

In order to better understand and compare research techniques in building corpus-based speech
synthesizers on the same data, the Blizzard Challenge was devised. The basic challenge is to take the
released speech database, build a synthetic voice from the data and synthesize a prescribed set of test
sentences which are evaluated through listening tests. The results are presented at this workshop.
Attendance at the 2010 workshop for the 6th Blizzard Challenge is open to all, not just participants in
the challenge. Registration information can be found on the workshop web page.
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Speech and the 2nd International Symposium on Linguistic Patterns in Spontaneous
Speech

25-26 September 2010, The University of Tokyo, Tokyo, Japan
http://cogsci.l.chiba-u.ac.jp/diss-1pss2010/

DiSS is a series of interdisciplinary workshops (Berkeley, 1999; Edlnburgh 2001; Goteborg, 2003;
Aix-en-Provence, 2005), which have been addressing di R )

R of disciplines, from automatic speech recognition
to linguistic analysis and psycholinguistics. LPSS, another interdisciplinary workshop on spontaneous
speech, took place in Taiwan in 2006, focusing on a broader range of phenomena in spontaneous
speech including automatic speech recognition, prosody, spoken dialogues, and disfluency.

SAPA2010 ISCA Tutorial and Research Workshop on Statistical And Perceptual Audition

25 September 2010, Makubhari, Chiba, Japan
http://www.sapa2010.org/

Following on from the successes of SAPA2004 (in Jeju, Korea), SAPA2006 (in Pittsburgh, USA), and
SAPA2008 (in Brisbane, Australia), the objective of the SAPA2010 workshop is to bring together
researchers considering perceptually-motivated problems in sound and speech analysis and
understanding, employing statistical and machine learning tools. There is a wide area of overlap
between more heuristic models of human auditory function and purely pattern recognition approaches
that are independent of human audition; SAPA aims to be the forum for presentation and discussion of
this promising and expanding field.

AVSP2010 The 9th International Conference on Auditory-Visual Speech Processing

30 September - 3 October 2010, The Prince Hakone, Kanagawa, Japan
http://www.avsp2010.org/

The 9th international conference on Auditory-Visual Speech Processing (AVSP2010) will be held from
September 30 to October 3, 2010, following the INTERSPEECH2010.This conference is uniquely
interdisciplinary, being focused on synergy effects of auditory and visual speech information on
human perception, machine recognition, and human-machine interaction. AVSP conferences have
attracted a lot of researchers in various fields, such as psychologists, computer engineers,
neuroscientists, linguists, phoneticians, and robot engineers. The program will consist of not only
regular presentations (both oral and poster) but also lectures by invited speakers.

IWSDS 2010 International Workshop on Spoken Dialogue System Technology

1-2 October 2010, Gotemba Kogen Resort, Shizuoka, Japan
http://www.iwsds.org/

Following on the success of IWSDS 2009 (in Irsee, Germany), the annual workshop will bring
together researchers from all over the world working in the field of spoken dialogue systems. It will
provide an international forum for the presentation of research and applications and for lively
discussions among researchers as well as industrialists.

InterSinging 2010  First interdisciplinary workshop on singing voice

1-2 October 2010, The University of Tokyo, Tokyo, Japan

http://www.intersinging.org/

INTERSINGING is the first research workshop on the singing voice. It will be held at University of
Tokyo (Hongo campus). INTERSINGING considers a ra R
perception, cognition, production, synthesis, R

interested in the singing voice a chance to discuss about future research in the singing voice.



INTERSPEECH 2010 Keynote Sessions

Keynote 1

2010 ISCA Medalist

Steve Young
University of Cambridge

Still Talking to Machines (Cognitively Speaking)

Monday 27 September, 11:00, Convention Halls A and B

Abstract

At Interspeech 2002 in Denver, | suggested that it should be possible to build a complete spoken
dialogue system in which every component was based on a statistical model with parameters estimated
from data. The potential advantages of such a system would include lower development cost,
increased robustness to noise and the ability to learn on-line so that performance would continue to
improve over time.

Eight years later, fully statistical systems have now been built in the laboratory and their potential
demonstrated. This talk will review the basic principles of statistical dialogue systems and discuss the
major lessons learnt so far. The focus will be on dialogue management and in particular the
representation of dialogue state, approaches to belief monitoring, parameter estimation and policy
optimisation. Probabilistic components for speech understanding, natural language generation and
synthesis will also be covered. The talk will end with a discussion of future challenges and the
direction ahead.

Presenter

Steve Young received a BA in Electrical Sciences from Cambridge University in 1973 and a PhD in
Speech Processing in 1978. He held lectureships at both Manchester and Cambridge Universities
before being elected to the Chair of Information Engineering at Cambridge University in 1994. He was
a co-founder and Technical Director of Entropic Ltd from 1995 until 1999 when the company was
taken over by Microsoft. After a short period as an Architect at Microsoft, he returned full-time to the
University in January 2001 where he is now Senior Pro-Vice-Chancellor. His research interests
include speech recognition, language modelling, spoken dialogue and multi-media applications. He is
the inventor and original author of the HTK Toolkit for building hidden Markov model-based
recognition systems (see http://htk.eng.cam.ac.uk), and with Phil Woodland, he developed the HTK
large vocabulary speech recognition system which has figured strongly in DARPA/NIST evaluations
since it was first introduced in the early nineties. More recently he has developed statistical dialogue
systems and pioneered the use of Partially Observable Markov Decision Processes for modelling them.
He also has active research in voice transformation, emotion generation and HMM synthesis. He has
written and edited books on software engineering and speech processing, and he has published as
author and co-author, more than 200 papers in these areas. He is a Fellow of the Royal Academy of
Engineering, the IEEE, the IET and the Royal Society of Arts. He served as the senior editor of
Computer Speech and Language from 1993 to 2004 and he is currently Chair of the IEEE Speech and
Language Processing Technical Committee. In 2004, he received an IEEE Signal Processing Society
Technical Achievement Award.



Keynote 2

Tohru Ifukube
Research Center for Advanced Science and Technology, The University of Tokyo

Sound-Based Assistive Technology U 14§ "% 14
& I C ) *) )

Tuesday 28 September, 08:30, Convention Halls A and B
Abstract

With a rapid increase of a rate of the elderly, disabled people also have been increasing in Japan. Over
a period of 40 years, | have developed a basic research approach of assistive technology, especially for
people with seeing, hearing, and speaking disorder. Although some of the required tools have been
practically used for the disabled in Japan, | have experienced how insufficient a function of the tools is
for supporting the sensory and communication disorders. Moreover, | have been impressed by how
amazingly potential ability of the human brain works in order to compensate the disorders.

In my keynote speech, | will show some compensati *

show extraordinary ability of some animals such as voice imitation of mynah bird and echolocatlon of
bats. Furthermore, | will introduce six assistive tools borne by solving mystery of the compensation
function and the extraordinary animals. Finally, I will emphasize that these assistive tools will
contribute to design a new human interface for robots that may support the elderly as well as the
disabled.

Presenter

Tohru Ifukube is a project professor and a professor emeritus at the University of Tokyo as well as at
Hokkaido University. He received the MS and Dr. Eng degrees in electronics from Hokkaido
University. He was an Assistant and Associate Professor of Medical Electronics at Hokkaido
University from 1971 to 1988. He was also a visiting Associate Professor of Cochlear Implant Project
at Stanford University in 1984. He was a professor of Medical Electronics and Sensory Information
Engineering at Hokkaido University from 1989 to 2002 and he was a professor of Barrier-Free Project
at the University of Tokyo from 2002 to 2009. His research interests include analysis of hearing,
speaking and visual functions, and design of assistive tools for the disabled. Some of the tools have
been used for the blind, the deaf and the speech disordered, and also have been applied to virtual
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Keynote 3

Chiu-yu Tseng
Institute of Linguistics, Academia Sinica

Beyond Sentence Prosody

Wednesday 29 September, 08:30, Convention Halls A and B
Abstract

The prosody of a sentence (utterance) when it appears in a discourse context differs substantially from
when it is uttered in isolation. This talk focuses on why global prosody is an intrinsic part of naturally
occurring speech. That is to say, prosodic chunking and phrasing occur not only at the sentence level,
but also at the discourse level. Read and spontaneous L1 Mandarin speech data, as well as L1 and L2
English data, will be presented to illustrate our proposal that higher-level discourse information takes
syntax, phonology and lexicon as sub-level units, and hierarchical contributions add higher units to
lower ones to derive multi-phrase global prosody. Traces of global prosody found in lower-level
speech units are abundant in the speech signal; their seemingly random occurrences can, in fact, be
systematically derived. In the pitch domain, we will show evidence of down-stepping both within and
across phrase boundaries, explain why phrasal FO resets are not uniform, and why some overall FO
trajectories flatten out. In the temporal domain, we will show how speaking rate is adjusted mostly by
and across phrases, rather than words, why sometimes pause duration does not occur between
boundaries and is thus not the most reliable boundary cue, and why both pre-boundary (phrase-final)
lengthening and shortening are found consistently. Furthermore, examination of units larger than the
sentence has revealed why prosodic context exhibits both neighbourhood linear adjacency and cross-
over associative concurrence, and why phrasal prominence must yield to discourse focus. It is argued
here that the sentence is not the ultimate unit of speech planning, and that global prosody must take
precedence because it more accurately reflects the size and scale of speech planning. The planning
itself is highly flexible, however, as our L1 and L2 speech data reveal. In summary, to better
understand and model realistic speech, looking from the sentence level up or looking top-down from
higher levels of prosodic organization may produce the most interesting results.

Presenter

Chiu-yu Tseng is a Research Fellow at the Institute of Linguistics, Academia Sinica, Taiwan. Trained
as a phonetician (Ph.D. in Linguistics, Brown University, 1981), her collaboration with speech
scientists and engineers dates back to 1982, which has led her away from studying limited samples and
numbers of speakers toward multiple speakers, larger chunks of more realistic speech, and larger
quantities of data (though modest by speech technology community standards). Her research has
integrated techniques from engineering and speech technology into acoustic phonetic experimental
studies. Her twelve-year investigation of Mandarin Chinese fluent speech prosody from a macro/top-
down perspective, taking intonation units larger than the phrase or sentence into consideration, has
resulted in the emergence of what she believes to be the defining feature of fluent speech prosody:
systematic cross-phrase prosodic association, which constitutes prosodic context. This approach
contrasts with analyses of discourse intonation based on patterns of individual phrase intonation.
Using quantitative evidence, she has developed a hierarchical prosodic framework, which models the
formation of spoken discourse prosody as the accumulation of multi-layered prosodic contributions.
She has also been able to tease apart the contributions to cross-phrase prosodic association made by
each layer of the prosodic hierarchy for a range of acoustic parameters for which, interestingly, the
contributions made by supra-segmental acoustic correlates have been found to vary. As of 2008, she
has also begun phonetic comparisons of L1 and L2 English (with a focus on prosody) as a member of
AESOP (Asian English Speech cOrpus Project).



INTERSPEECH 2010 Special Highlight Session

Speech Translation Technology:

Thursday 30 September, 08:30, Convention Halls A and B

The global and borderless world has made it critically important for speakers of different languages to

be able to communicate. Speech translation technology has been a long-held dream, and realizing

speech translation would have tremendous scientific, cultural, and economic value for humankind. The
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While the article showcases a number of translation technologies, it focuses on speech translation

technology.

There are especially high hopes in Japan for a speech-translation system that can automatically

- because Japanese find the acquisition of foreign languages extremely
difficult due to such factors as Jap B
language. This is a reason why speech translation research in Japan was launched more than 20 years
ago. The speech translation becomes a very attractive research target in the world, which has strong
demands and requires effective integration of speech and language processing. Recent research and
development have shown remarkable progress.

The INTERSPEECH 2010 organizing committee has kindly given us the opportunity to organize a
special highlight session on speech translation research from both a historical and technological point
of view. It is a great honor for the technical program committee to organize the special highlight
session covering the high-profile research projects in the world.

This session will begin with Professor Alex Waibel (CMU, USA) providing an overview of the history
and the current state of research. He will also present recent humanitarian activities with speech
translation technologies. Professor Hermann Ney (RWTH, Germany), Dr. Salim Roukos (IBM, USA)
and Dr. Satoshi Nakamura (NICT, Japan) will then give talks about their recent research activities.

Detailed information on the talks can be found at the following URL.:
http://www.interspeech2010.org/SpecialHighlightSession.html

We sincerely hope that this special highlight session will help and accelerate discussion on future
prospects for breaking the language barriers and realizing ideal borderless communication in the world.



INTERSPEECH 2010 Special Sessions

1 b C
Mon-Ses2-S1: Monday 13:30, Room 301

The evolution of speech technologies has been stimulated by models of speech, such as the acoustic
theory of speech production, statistical modeling of speech spectra leading to LPC, PARCOR, LSF
parameters, the Fujisaki model of FO dynamics, sinusoidal models and many others. They triggered a
surge of research activities on speech perception and production as well as the development of new
algorithms and tools for investigations and applications by providing structured frameworks. Recent
advances in computational power, data acquisition and mining technologies and the application of
statistical approaches such as kernel methods, Neural Networks and Hidden Markov Models have
provided powerful technical solutions to limited problems without necessarily promoting our
understanding of how speech works. In our mind, only the combination of these technologies and
model-based approaches might eventually provide parsimonious descrlptlons of speech representations
closely related to linguisticand pa ) ) )

broader meaning. This session encourages the application of improved algorithms for parameter
extraction for models of speech and ways of benchmarking these, to outline their usefulness for phonetic
research, but also illustrate their limitations.

Organizers

Hideki Kawahara (kawahara@sys.wakayama-u.ac.jp), Wakayama University, Wakayama, Japan
= H 10 2 0 U ) I 36 T -6
Germany

Open Vocabulary Spoken Document Retrieval
Tue-Ses1-S1: Tuesday 10:00, Room 301

Variety of multimedia contents is explosively increasing not only inside PCs but also on the World Wide
Web. Most of these contents are raw data including speech, music, and movies. Available text-based tag
information is limited and not enough for retrieving these contents. Recently retrieving these raw data
has been attempted in the field of movie and speech processing using speech recognition and feature
extraction techniques. However, researches have been closed in each narrow field. Sharing these
retrieving techniques among audiovisual research fields is effective for extending further research. This
special session is interested in retrieval of spoken documents, multi-modally recorded lectures, movies,
and music. Retrieving these contents poses various problems including open-vocabulary speech
recognition, language models, acoustic models, multi-speaker speech recognition, speech recognition
under BGM environment, use of multimodal information, prosodic feature extraction, musical note
recognition, pitch extraction, indexing, searching me - I *4

is one of the most important issues from the view point of practical information retrieval.

Organizers

Seiichi Nakagawa (is2010-ovsdr@cl.ics.tut.ac.jp), Toyohashi University of Technology, Japan
Tomoyosi Akiba, Kiyoaki Aikawa, Berlin Chen, Pascale Fung, Xinhui Hu, Yoshiaki Itoh, Tatsuya
Kawahara, Haizhou Li, Tomoko Matsui, Hiroaki Nanjo, Hiromitsu Nishizaki, and Yoichi Yamashita

Fact and Replica of Speech Production
Tue-Ses2-S1: Tuesday 13:30, Room 301

Speech production research during the past decade has increased our interest about the underlying
processes and their models both in biomechanical articulatory structures and aero-acoustic phenomena
at the larynx and in the vocal tract. Evolution of measurement technologies, such as MRI, ultrasound
imaging and 3D EMA, has contributed to exploring 3D evidence of speech production mechanisms and
facilitating the work for constructing numerical and mechanical replicas. The purpose of this special



session is to provide an opportunity for international research community to bring together those who
have advanced our skill and knowledge for further development through the linkage between the facts
and models.

Organizers

Kiyoshi Honda (khonda@sannet.ne.jp), LPP, CNRS-Univ. Paris 3, France
Masaaki Honda (hon@waseda.jp), Waseda University, Japan
Jianwu Dang (dangjianwu@tju.edu.cn; jdang@jaist.ac.jp), Tianjin University, China, and JAIST, Japan

Quality of Experiencing Speech Services
Tue-Ses3-S1: Tuesday 16:00, Room 301

Speech services - for communication between humans or between humans and machines - have mainly
been evaluated following two paradigms: On the one hand, metrics of system performance have been
developed to quantify the characteristics of the system and its underlying components; on the other hand,
subjective evaluation has been carried out to analyze the quality perceived by actual users (Quality of
Experience, QoE). However, automatic evaluation of speech technology is more convenient in order to
save costly and time-consuming subjective tests, and will ultimately lead to better speech services.

The primary purpose of this special session is to discuss technological and perceptual metrics
related to the quality of experiencing speech services. We ask: What conceptions of quality are currently
in use, and how do they relate to each other? What information can be extracted from speech signals?
What types of speech transmission degradations are covered by standardized prediction models like
PESQ and the E-model? Which approaches can be taken to monitor speech quality? What parameters
can be used for describing spoken dialogue system performance and user behavior in spoken-dialogue
interactions? How can these parameters be related to system quality? Is it possible to simulate user
behavior for this purpose?

Organizers
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Laboratories, TU Berlin, Germany
Alexander Raake (Alexander.Raake@telekom.de), Quality and Usability Lab, Deutsche Telekom
Laboratories, TU Berlin, Germany
1 @w 24 '@ rmann@telekom.de), Quality and Usability Lab, Deutsche Telekom
Laboratories, TU Berlin, Germany

Speech Intelligibility Enhancement for All Ages, Health Conditions and
Environments

Wed-Ses1-S1: Wednesday 10:00, Room 301

Spoken language is the most direct means of communication between human beings. However, speech

+ eased age, hearing loss, speech disorder and
especially acoustic mterferences in real adverse environments. To deal with these effects, a number of
techniques have been developed to eventually facilitate human speech communication. Generally
speaking, these techniques aim to improve speech quality or speech intelligibility. Most traditional
techniques are to improve speech quality. In recent years, increased attention has been paid to
techniques that can enhance speech intelligibility, which is especially motivated by hearing prostheses
such as hearing aids and cochlear implants.

To stimulate further discussion and to promote new research, this special session provides an
opportunity for researchers from various communities including speech science, medicine and signal
processing. This special session will present the latest research on enhancement of speech intelligibility
in human speech communication for all ages, health conditions and environments. Topics of interest
include, but are not limited to: (1) Speech understanding for elderly listeners in challenging listening
environments; (2) Speech intelligibility enhancement techniques for hearing-impaired listeners, such as,
hearing aids and cochlear implants; (3) Assistant techniques for improving speech intelligibility of
speech-disordered persons; (4) Speech intelligibility enhancement in various real, difficult listening
conditions.



Organizers

Qian-Jie Fu (gfu@hei.org), House Ear Institute, USA
Junfeng Li (junfeng@jaist.ac.jp), Japan Advanced Institute of Science and Technology, Japan
Tetsuya Takiguchi (takigu@kobe-u.ac.jp), Kobe University, Japan

Compressive Sensing for Speech and Language Processing
Wed-Ses3-S1: Wednesday 16:00, Room 301

Compressive sensing (CS) has gained popularity in the last few years as a technique used to reconstruct
a signal from few training examples, a problem which arises in many machine learning applications.
This reconstruction can be defined as adaptively finding a dictionary which best represents the signal on
a per sample basis. This dictionary could include random projections, as is typically done for signal
reconstruction, or actual training samples from the data, which is explored in many machine learning
applications.

Compressive sensing is a rapidly growing field with papers in a variety of signal processing and
machine learning conferences, but this area has still garnered little attention from in the speech
community. With the increasing amount of speech data available, the need to efficiently represent and
search through this data space is becoming of vital importance.

Compressive sensing has relevant applications in a variety of speech and language processing areas,
including in signal compression/reconstruction, identifying novel acoustic features, dimensionality
reduction, acoustic modeling, language modeling and text-based processing, to name a few. Therefore,
we look to create an atmosphere where experts in compressive sensing, machine learning and speech
processing can come together and share their ideas on how compressive sensing can be utilized for
various topics within speech.

Organizers

Tara Sainath (tsainath@us.ibm.com), IBM T.J. Watson Research Center, USA
Bhuvana Ramabhadran (bhuvana@us.ibm.com), IBM T.J. Watson Research Center, USA
Hynek Hermansky (hynek@jhu.edu), The Johns Hopkins University, USA

Social Signals in Speech
Thu-Ses1-S1: Thursday 10:00, Room 301

The expressive functions of vocal behavior have been widely investigated and described in the literature.
However, most of this research was limited to the investigation of affective states with the prototypical
emotions such as anger, disgust, happiness, or the emotional dimensions of arousal and valence,
receiving most of the focus. Other expressive dimensions, related to the signalling of social cues in
interaction, have received far less attention. Among these expressive dimensions we consider signals of
politeness or rudeness, familiarity, (dis-)agreement, rapport, dominance, etcetera, and also of social
emotions including being angry at the interlocutor, love and liking, jealousy or flirting, etcetera.
Unraveling the relation between vocal and social conversational phenomena is relevant for the
understanding and automatic analysis of human social signals. As future applications, Embodied
Conversational Agents (ECAs) and spoken dialogue systems can be developed which will be able to
behave more human-like and will be able to recognize and display social interactional behavior. This
special session aims to create a better understanding of how vocal behavior can be used to signal social
cues in interaction. We intend to discuss state-of-the-art research on the relation between vocal behavior
and social interaction, and we aim to raise discussions about fundamental issues and future challenges in
this emerging domain of Social Signal Processing (SSP).

For further details, please check http://www.cs.utwente.nl/~truongkp/is2010sssss.html

Organizers

Khiet Truong (k.p.truong@ewi.utwente.nl), Human Media Interaction, University of Twente,
The Netherlands

Dirk Heylen (d.k.j.heylen@ewi.utwente.nl), Human Media Interaction, University of Twente,
The Netherlands



INTERSPEECH 2010 Paralinguistic Cha )
Thu-Ses2-S1: Thursday 13:30, Room 301

Most paralinguistic analysis tasks resemble each other not only by means of processing and ever-present
data sparseness but by lacking agreed-upon evaluation procedures and comparability, in contrast to
§ the same time, this is a rapidly emerging field of
research, due to the constantly growing interest on applications to human behaviour analysis, and
technologies for human-machine communication and multimedia retrieval. In these respects, the
INTERSPEECH 2010 Paralinguistic Challenge shall help bridging the gap between excellent research
on paralinguistic information in spoken language and low compatibility of results, by addressing three
selected sub-challenges: in the Age Sub-Challenge, the age of speakers has to be determined; in the
Gender Sub-Challenge, a two-class classification task has to be solved and finally, the Affect
Sub-Challenge asks for determination of speakers' interest in ordinal representation in this year's
challenge as opposed to last INTERSPEECH's Emotion Challenge, which dealt with emotion in a
broader sense. Contributors may find their own features and classification algorithm. However, besides
*D ; *pP - eature set will be provided that may be used. Each

participation will be accompanied by a paper presenting the results.
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Further Details: Paralinguistic Challenge Web Site
(http://emotion-research.net/sigs/speech-sig/paralinguistic-challenge).

Organizers
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Stefan Steidl (stefan.steidl@informatik.uni-erlangen.de), FAU Erlangen-Nuremberg, Germany
Anton Batliner (Anton.Batliner@Irz.uni-muenchen.de), FAU Erlangen-Nuremberg, Germany
Felix Burkhardt (Felix.Burkhardt@telekom.de), Deutsche Telekom, Germany
Laurence Devillers (devil@limsi.fr), CNRS-LIMSI, France
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Shrikanth Narayanan (shri@sipi.usc.edu), University of Southern California, USA



ISCA-SAC Student Panel Session

2010 to 2020 — Challenges for the Next Decade
Wednesday 29 September, 13:30-15:30, Room 301

The ISCA Student Advisory Committee (ISCA-SAC) is an association dedicated to undergraduate,
graduate and PhD students working in research related to speech communication science and
technology. Its main missions are to increase interaction among students and senior researchers, to
facilitate access to information and to raise awareness of speech and language research amongst
students who do not have experience in the speech and language processing field.

The student panel session, now in its second year, is given a theme and features a panel formed
from key names in speech and language research. Active debate and audience participation is
encouraged!

The theme for the Student Panel Session at INTERSPEECH 2010 will be “2010 to 2020 —
Challenges for the Next Decade”.

Issues for debate will include:

* Future developments in my field

*  Where's the funding?

*  What skills will I need?

* Academia vs. Industry

*  Unified models and multi-modal interaction

* Lessons to learn: Dead ends and new beginnings

The panelists will be announced at Interspeech 2010. Information on the panelists will be
available at the ISCA desk.

All are Welcome!



INTERSPEECH 2010 Best Student Paper Award Shortlist

Each year ISCA selects up to three best student papers from INTERSPEECH to honor with a Best Student
Paper Award. The winners are announced during the closing ceremony of the conference.

This year's shortlist of papers is below. The final decisions will be made based on the papers themselves
and their presentations at the conference.

A Discriminative Splitting Criterion for Phonetic Decision Trees
" #§ % &
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Oriented PCA Method for Blind Speech Separation of Convolutive Mixtures
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Using Non-Native Error Patterns to Improve Pronunciation Verification
Joost van Doremalen, Catia Cucchiarini, and Helmer Strik
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Spectro-Temporal Modulations for Robust Speech Emotion Recognition

Lan-Ying Yeh, and Tai-Shih Chi
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Prosodic Speaker Verification Using Subspace Multinomial Models with Intersession Compensation
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Evaluating a Dialog Language Generation System: Comparing the MOUNTAIN System to Other
NLG Approaches

Brian Langner, Stephan Vogel, and Alan W Black
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Maximum Lexical Cohesion for Fine-Grained News Story Segmentation

Zihan Liu, Lei Xie, and Wei Feng
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Improving ASR-Based Topic Segmentation of TV Programs with Confidence Measures and Semantic
Relations
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A Novel Text-Independent Phonetic Segmentation Algorithm Based on the Microcanonical Multiscale
Formalism

Vahid Khanagha, Khalid Daoudi, Oriol Pont, and Hussein Yahia
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Did you say susi or shushi? Measuring the Emergence of Robust Fricative Contrasts in English- and
Japanese-Acquiring Children

Jeffrey J. Holliday, Mary E. Beckman, and Chanelle Mays
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Parameters Describing Multimodal Interact & +
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Improving Mandarin Segmental Duration Prediction with Automatically Extracted Syntax Features
Miaomiao Wen, Miaomiao Wang, Keikichi Hirose, and Nobuaki Minematsu
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Reliable Tracking Based on Speech Sample Salience of Vocal Cycle Length Perturbations
Christophe Mertens, Francis Grenez, Lise Crevier-Buchman, and Jean Schoentgen
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Fully Unsupervised Word Learning from Continuous Speech Using Transitional Probabilities of
Atomic Acoustic Events
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INTERSPEECH 2010 Tutorials
Sunday 26 September 2010

> + % , 1 mentals and Applications
T-S1-R1: 9:15-12:00, Room 301

Recently discriminative training (DT) has attracted new attentions in speech and language processing
because of its ability to learn parametric representations and achieve better performance and enhanced
robustness than those with model parameters obtained by conventional training methods without
changing the structure and complexity of the models being used. When probabilistic distributions are
used to characterize the above representations discriminative training often implies learning decision
boundaries instead of approximating density functions. Instead of estimating parameters separately to
approximate individual densities DT attempts to jointly estimate all the parameters of the competing
distributions all together to meet the performance requirements of a specific problem setting.

In general there are two major families of DT methods. The first is function based DT. Rather than
estimating parameters with the conventional minimum mean squared error (MMSE), maximum
likelihood (ML), maximum a posteriori (MAP), or maximum entropy (ME) criteria, one chooses a
different objective function to optimize. Well-known methods include maximum mutual information
(MMI), minimum discriminative information (MDI), minimum description length (MDL), etc.

The second category is decision-feedback based DT in which a decision function that determine
the performance of the training and testing procedure on the training set is embedded in the
optimization formulation so that the parameters can be learned by adjusting their current values to
optimize the desired evaluation metrics in the direction guided by the feedback obtained from the
current set of decision parameters. Some popular techniques are minimum classification error (MCE),
minimum verification error (MVE), maximal figure-of-merit (MFoM), maximum or minimum area
under the receiver operating characteristic curve (MAUC), etc.

In this tutorial we first review the theory of popular discriminative training methods commonly
used in the speech and language processing communities. We then describe the utility of DT and show
why DT offers attractive alternatives to conventional estimation procedures, especially in the cases
when the underlying distributions of the data are not completely known. We will then formulate DT
algorithms for widely-used parametric representations, such as GMM, hidden Markov model (HMM),
linear discriminant function (LDF), artificial neural network (ANN), linear discriminative analysis
(LDA), and vector quantization. Finally we describe properties of DT algorithms and illustrate how
DT can be used in many speech and language processing applications, including feature extraction,
acoustic modeling and language modeling for automatic speech recognition, speaker recognition,
utterance verification, spoken language recognition, and text categorization. We will compare
performance of models obtained before and after DT to show its effectiveness in enhancing
performance and robustness of pattern recognition and verification algorithms.

Presenter
Chin-Hui Lee (chi@ece.gatech.edu), Georgia Institute of Technology

Conditional Random Fields and Direct Decoding for Speech and Language
Processing

T-S2-R1: 13:00-15:45, Room 301

Speech recognition has long been dominated by the Hidden Markov Model paradigm; HMMs provide
a flexible statistical model that can capture the relationship between hidden sequences and observed
data. However, that flexibility comes with some assumptions: the particular probabilistic form of the
model assumes that the data is generated by the underlying hidden state sequence, and that the
observations are frame-wise independent given the hidden states. Moreover, transition probabilities
between states are only functions of the state identities; observations cannot affect the actual transition
probabilities of a standard HMM. While discriminative training criteria can be used to change the
behavior of generative models, this does not change the set of statistical assumptions made by the
model.



Several groups, including our own, have begun investigating models that directly model the
relationship between hidden state and observations: observations directly predict state sequences,
instead of being mediated through Bayes' rule. This line of research stems in some ways from the
Automatic Neural Network (ANN) models of the 1990s, which sought to directly predict the posterior
of single phonetic states given acoustic data. The latest generation of direct models, including variants
of the Conditional Random Fields (CRF) model, allow for direct prediction of sequences of states
given data without some of the statistical assumptions of HMMs - in particular allowing for the
exploration of feature sets that are correlated both within a frame and across time. Segmental CRFs
have further been developed which allow for segment-level features in place of frame-level features.
The topic has seen a growing number of papers at ICASSP and Interspeech over the last few years,
including a special session at ICASSP 2010.

This tutorial will examine the CRF class of models in detail. The tutorial will present a taxonomy
of statistical models, and relate CRFs to other commonly used techniques such as HMMs, MLPs and
MEMMs. It will describe the feature sets commonly used in direct modeling for speech recognition
and natural language processing, and present training and decoding methods for these models. On the
practical side, the tutorial will contain case studies illustrating examples from our own research, and
descriptions of the toolkits that are currently available for researchers to work with. It will conclude
with a survey of active research challenges in the area. We envision the target audience to be students
and speech recognition researchers who would like to acquire a more in-depth understanding of this
exciting area and the associated research opportunities.

Presenters

Eric Fosler-Lussier (fosler@cse.ohio-state.edu), Ohio State University
Geoffrey Zweig (gzweig@microsoft.com), Microsoft Research

Kernel Engineering for Fast and Easy Design of Natural Language Applications
T-S3-R1: 16:15-19:00, Room 301

In recent years, a large part of Information Technology research has addressed the use machine
learning for automatic system design. Such research has shown that, although the choice of the
learning algorithm affects system accuracy, feature engineering more critically impacts the latter.
Feature design is also considered the most difficult step as it requires expertise, intuition and deep
knowledge about the target problem to obtain suitable attribute-value representations. For example,
how to describe syntactic and semantic relationships among words in an utterance to effectively
characterize its concepts?

Kernel Methods (KM) are powerful techniques, which can simplify data modeling by defining
abstract representations and implicit feature spaces. More in particular, KM allow for: (a) directly
using a similarity function between instances in learning algorithms, thus avoiding explicit feature
design; and (b) implicitly defining huge feature spaces, e.g. structures can be represented in the
substructure space. KM effectiveness has been shown in many fields, e.g. in Bioinformatics, Speech
processing, image processing, Computational Linguistics, data mining and so on.

However, the kernel designer needs practical procedures for interpreting and effectively using the
above KM properties. For example, she/he needs to know when a similarity function is a valid kernel
and how to modify such similarity to make it exploitable by Support Vector Machines (SVMs).
Regarding point (b), string and tree kernels are well-known approaches to represent structural
properties but, without a suitable tune-up as well as an appropriate input structure definition, they may
result ineffective. Moreover, several versions of string and tree kernels exist, thus it is very important
to understand the difference among them from theoretical and practical viewpoints. Finally, without a
good knowledge of kernel engineering, defining an effective kernel function may be rather difficult.

This tutorial will explain practical recipes to successfully use KM for language applications: first,
after an introduction to Support Vector Machines (explained from an application viewpoint), it will
explain KM theory with the aim to derive practical aspects from it.

Second, it will present basic kernels, such as linear, polynomial, sequence and tree kernels, by
focusing on the implementation, accuracy and efficiency perspectives. Their application to typical NL
tasks, e.g. text categorization and question/answer classification will be shown. The aim is to provide
practical procedures for the selection and exploitation of the right kernel for the target task.

Third, it will introduce the SVM-Light-TK toolkit, which encodes several kernels in SVMs, along



with the associated data structures and its practical use in NL tasks.

Finally, it will illustrate how innovative and effective kernels can be engineered starting from
basic kernels and using systematic data transformations. Such know-how allows for a very fast and
accurate design of applications even if the underlying language phenomena and properties are still not
very well understood. To make the explanation of such techniques clear, practical applications on
re-ranking the output of traditional SLU systems, e.g. concept classification, will be presented.

This tutorial is potentially appealing for researchers working in any Interspeech's field and it only
requires a basic machine learning background to be understood.

Presenter
Alessandro Moschitti (moschitti@disi.unitn.it), University of Trento

Foundations of Statistical Machine Translation: Past, Present and Future
T-S1-R2: 9:15-12:00, Room 302

Statistical Machine Translation (SMT) was first introduced almost two decades ago by applying the
concept of source-channel modeling, a theoretical background shared with Speech Recognition. SMT
has attracted large interest from research community and its performance has drastically increased
with regards to both quality and speed. One technique that has made a major contribution is tree-based
SMT, which can incorporate syntactic knowledge empowered by efficient algorithms to handle such
complex models. Recent advances in Machine Learning techniques together with efficient methods
to handle large data sets have also resulted in significant improvements. This tutorial will serve as a
basic introduction to SMT and summarize the twenty-year effort of improving SMT, but mainly
concentrate on a few selected topics covering theoretical views and practical aspects.

First, we will review the theoretical backgrounds behind SMT and introduce three basic concepts,
models, training, and search. Especially, we will detail the word alignment model and the phrase-based
models, discuss generative and discriminative training, and present search algorithms based on
Dynamic Programming.

Second, we will explore various tree-based SMT approaches with many alternative configurations,
such as string-to-string or string-to-tree approaches, which can be cast as a synchronous-CFG
formalism or a tree-transducer formalism. By incorporating syntactic knowledge into translation
models, we can capture long distance reordering necessary to perform the reordering usually observed
in syntactically divergent language pairs. These tree-based formalisms can be represented as a
hypergraph framework, a natural extension of finite state models operating on strings to trees. We will
cover various algorithms that operate over the hypergraph framework such as k-best extraction and the
lazy feature function evaluation by cube pruning.

Third, we will present current hot topics for SMT in selected areas, data structures for efficient
handling of large data, such as randomized data structures and succinct data structures, and Machine
Learning techniques, such as large margin approaches and Bayesian approaches. We will also cover
efficient algorithms for training or decoding, such as MBR decoding, by exploiting compact
representations of many alternative translations, such as lattice or hypergraph data structures.
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Mobile Voice Search
T-S2-R2: 13:00-15:45, Room 302

The proliferation of mobile and hand-held devices along with advances in multimodal and multimedia
technologies are giving birth to a new wave of mobile applications that enable users to quickly and
more naturally find information using voice input. Mobility is central to these applications that
capitalize on multimodal input to search for media such as videos, music, business listings, products
and services, or to surf the web or send an SMS.

Mobile voice search has been a central area of interest in both academia and industry. Numerous
special sessions and panel discussions have been organized on technologies and applications related to



mobile voice search at ICASSP, Interspeech, HLT/ACL, SpeechTek, Voice Search (or AVIOS),
SpokenQuery, ASRU, CIVR, and MIR. Over the past one-year, several companies have announced
services that enable consumers to use natural voice interfaces to search local listings, the web or to
send an SMS. Initial reports by AT&T, Google, Microsoft/Tellme, Nuance and Vlingo/Yahoo show
consumers are rapidly adopting voice search for their everyday needs.

The commercialization of mobile voice search applications is giving rise to new technical
challenges. Examples of these challenges include creating speech recognition systems that are robust
to surrounding noisy environments, searching through a large amount of unstructured and
semi-structured data, understanding a variety of inquires from keywords to natural language questions,
summarization of multimedia search results, and personalizing the user interface to more easily adapt
to preferences and geo-locations.

This tutorial on Mobile Voice Search is motivated by the explosion of applications on mobile
devices that apply multimodal and multimedia processing. It is suitable for researchers and students,
who would like to acquire a broader prospective on how speech, multimodal and search technologies
are fueling a new generation of mobile applications that are radically changing the way people and
businesses communicate. The tutorial will help to attract different research communities, namely,
speech and language, multimodal and multimedia, mobile applications, and user interface. It will not
only be an opportunity to strengthen the importance and highlight the impact of mobile voice research
but it will also encourage more interdisciplinary research among the various different communities.
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Meeting Recognition
T-S3-R2: 16:15-19:00, Room 302

Meeting processing has been and still is a strong focus of large research projects in Europe, Asia, and
the U.S. for the last 5 to 10 years. The combination of interesting applications with a large range of
complex technologies has attracted research in audio and video processing, in signal processing and
human interfaces, in language analysis and communication. Many of the technologies required are
complex and do not perform perfectly. Only combining them allows to satisfy the requirements for
interesting new research into human communication as well as practical applications. Furthermore the
complexity of the tasks forces the use of real-world data for all subject area, hence requiring requiring
robustness and high flexibility of the algorithms used. The relevance of this topic area is also
recognised in the coordination NIST evaluations on speech and video processing algorithms such as
the RT and CLEAR competitions. The notion of capturing meetings is more prevalent due to increased
interest in video conferencing and thus there is strong commercial interest in meeting recognition.

Meeting recognition has been referred to as an "ASR complete” problem, with challenges arising
from microphone array based audio capture, highly overlapped multiparty conversational speech,
important non-lexical information relating to social interactions, as well as a wide range of speech
understanding challenges. This will be reflected in the tutorial which will cover meeting capture and
annotation, speech processing, representation and transfer of information, presentation and user
interfacing. Obtaining high quality recordings is a non-trivial task which requires careful planning on
desired outcomes and quality both in recognition and classification. Key events and their annotation
are crucial for conducting research. Many types of annotation are desirable but good annotation
quality is hard to achieve. The processing of the speech signals is crucial as the main source of content.
Far field microphone array based recognition, diarisation, automatic speech recognition, and
disfluency filtering are they main aspects here, alongside online aspects in these areas. Compact
representation of content for visualisation is vital for applications such as off-line browsing and search
for specific content. Summarisation and content linking (e.g. to slides presented) allow transfer of
information to remote meeting participants. Finally, how to present the wealth of information to a
remote meeting participant is of crucial importance, even more so for remote participants.

Within the EU Integrated Projects AMI and AMIDA (www.amiproject.org) we have worked on
recording, annotation, recognition and classification, presentation and interpretation of meeting data as
well as application demonstrators. The outcome of these projects will serve as a strong foundation and
source of demonstration and examples for this tutorial.



The objective of this tutorial is to present a good overview of the research topics associated with
meeting processing, the state-of-the-art in recording and processing technologies involved, as well as
successful application scenarios. We will especially focus on issues arising from bringing a wide range
of subjects together in single targeted applications. In particular we want to highlight the value of
observation of complex communication scenarios and the wealth of information obtainable from work
in real world scenarios.
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Speech and Language Technology for Linguists and other Human Scientists
T-S1-R3: 9:15-12:00, Room 303

Four years ago, the author of this proposal greeted the publication of Coleman 2005 with these words:
It is unfortunate that there is still today an enormous gap between the community of linguists
and phoneticians on the one hand and that of engineers and computer scientists on the other.
Each community needs the other and, in an ideal world, linguists would provide theoretical
frameworks and data which are useful to engineers, while engineers would provide tools which
are useful to linguists. The exchange between the two communities, however, is in practice very
slow.

Today the gap is still as wide as ever, but more and more researchers from both sides of the fence are
feeling the need for direct interaction between the two communities. For human scientists, learning to
communicate with engineers and computer scientists may appear a daunting task. The purpose of this
tutorial is to offer human scientists a guided tour to a selection of areas of Speech and Language
Technology for which it is felt that it is possible to gain a working knowledge without necessarily
needing to follow all the technical details. The potential public for this tutorial will be linguists and
phoneticians who wish to acquire a working knowledge of speech and language technology for their
research. Participants will be introduced to a number of freely available tools for the manipulation of
both spoken and written utterances allowing them in particular to test different models of rhythm and
melody. Particular emphasis will be laid on reaching a level of competence so that the technology can
be used directly by the researchers themselves without the need of outside assistance.
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# ( pid Language Adaptation Tools and
Technologies

T-S2-R3: (13:00-15:45) Room 303

With more than 6900 languages in the world and the need to support multiple input and output
languages, the most important challenge today is to port or adapt speech processing systems to new
languages rapidly and at reasonable costs. In this tutorial, we will introduce state-of-the-art techniques
for rapid language adaptation and will present existing solutions to overcome the ever-existing
problem of data sparseness and the gap between language and technology expertise. We will describe
in detail the building process for speech recognition and speech synthesis components for new
unsupported languages and introduce tools to do this rapidly and at lost costs. The tutorial will consist
of several sections covering information ranging from database collection, to model building and
system evaluation. Furthermore, the tutorial will include explicit instructions on the following issues:

o Designing databases for new languages

Collecting text and speech databases at low costs

Selecting appropriate phoneme sets for new languages efficiently

Generating pronunciation lexicons for new languages rapidly

Developing acoustic and language models for speech recognition for new languages
Developing models for text-to-speech for new language
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