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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.)

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)

Welcome reception location: Hotel New Otani Makuhari (Monday 27 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
th
 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. 

ISCA’s efforts to promote speech science and technology research all over the world would not be 

possible without the work of the many volunteers that I 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 
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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 

1990. The term INTERSPEECH became ICSLP’s sub-title 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 

2010’s theme is “Spoken language processing for all – Regardless of age, health conditions, native 

languages, and environments.” Keynote speeches, special sessions, and tutorials reflect our ideal.  

My special thanks are due to 3 keynote speakers. On 27 September immediately following the opening 

ceremony, Prof. Steve Young, this year’s ISCA Medalist, discusses the state-of-the-art and future of 

statistically based spoken language technologies in his talk titled “Still talking to machines 

(cognitively speaking).” On 28 September, Prof. Tohru Ifukube will enlighten us on how speech 

technology enriches the physically challenged population in his keynote titled “Sound-based assistive 

technology supporting seeing, hearing and speaking for the disabled and the elderly.” On 29 

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

discourse in her keynote titled “Beyond sentence prosody.” 

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

role in this area since 1980s. A session titled “Speech translation technology: Communication beyond 

language barriers” is scheduled in the morning of 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. I encourage INTERSPEECH 2010 participants, especially 

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

year’s conference theme have been arranged either independently by our program committee or jointly 

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. 
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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. I 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. I 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. I 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. INTERSPEECH is the world’s largest 

and most comprehensive conference on issues surrounding the science and 

technology of spoken language processing both in humans and in machines. 

The theme of this year’s conference is “Spoken language processing for all – 

Regardless of age, health conditions, native languages, and environments.”  

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 Identification 

 Speech and SL Generation, Speech Synthesis 

 ASR – Signal Processing and Acoustic Modeling 

 ASR – Architecture, Search and Linguistic Components 

 ASR – Robustness and Adaptation 

 LVCSR and its Applications 

 Technologies and Systems for New Applications 

 Spoken Dialogue System, Spoken Language Understanding, Speech Translation, and Information 

Retrieval 

 Application, Evaluation, Standardization, SL Resources 

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 

and Environments; INTERSPEECH 2010 Paralinguistic Challenge – Age, Gender, and Affect; Models 

of Speech – In Search of Better Representations; and Fact and Replica of Speech Production.  
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Before the main program starts on Monday, you can join the tutorials, which cover state-of-the-art 

research topics ranging over a wide variety of areas: Discriminative Training – Fundamentals and 

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 Processing; Mobile Voice Search; Multilingual Speech 

Processing – Rapid Language Adaptation Tools and Technologies; Kernel Engineering for Fast and 

Easy Design of Natural Language Applications; Meeting Recognition; Medical Speech Processing – 

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. I 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, I 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. I would also like to thank Ms. Manami Matsuda for all her hard work as a part of the 

Technical Program Committee’s secretariat. They conducted all the work in a timely and appropriate 

manner. 

Last but not least, I 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 
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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> 

Sunday 26 September 08:30 – 16:45 

<Conference registration> 

Sunday 26 September 14:00 – 19:00 

Monday 27 September 09:00 – 17:00 

Tuesday 28 September 08:00 – 17:00 

Wednesday 29 September 08:00 – 17:00 

Thursday 30 September 08:00 – 17:00 

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. 
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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: 

Sunday 26 September 14:00 – 18:00 

Monday 27 September 08:30 – 17:00 

Tuesday 28 September 08:30 – 17:00 

Wednesday 29 September 08:30 – 17:00 

Thursday 30 September 08:30 – 12:00 

 

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 

“e-shop Makuhari.” They are located on the 2nd floor of the Malibu East building, one block (300 

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. 
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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) 

 Bus stops at “Makuhari Messe Chuo”, “Town Center”, or “Kaihin Makuhari Station.” 

(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 

ii) 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)  

 Bus stops at “Makuhari Messe Chuo”, “Town Center”, and “Kaihin Makuhari Station.” 

(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/ 
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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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INTERSPEECH 2010 Organizing Committee 

 

General Chair Keikichi Hirose The University of Tokyo 

General Co-Chair Yoshinori Sagisaka Waseda University 

Technical Program Chair Satoshi Nakamura National Institute of Information and 
Communications Technology 

Technical Program Co-Chair Minoru Tsuzaki Kyoto City University of Arts 

Special Sessions Hiroaki Kato National Institute of Information and 
Communications Technology 

 Keiichi Tokuda Nagoya Institute of Technology 

Tutorials Masato Akagi Japan Advanced Institute of Science and 
Technology 

 Tatsuya Kawahara Kyoto University 

Satellite Events Hideki Kawahara Wakayama University 

 Yoichi Yamashita Ritsumeikan University 

Student Award Alan Black Carnegie Mellon University 

 Tomoki Toda Nara Institute of Science and Technology 

Exhibits & Industries Makoto Shozakai Asahi Kasei Corporation 

 Kazuya Takeda Nagoya University 

Finance Takayuki Arai Sophia University 

Publication Takao Kobayashi Tokyo Institute of Technology 

Local Arrangement Tetsunori Kobayashi Waseda University 

 Minoru Kohata Chiba Institute of Technology 

 Kazunori Mano Shibaura Institute of Technology 

 Kazuhiko Iwata Waseda University 

 Hideaki Kikuchi Waseda University 

 Shigeki Okawa Chiba Institute of Technology 

Registration Shigeki Sagayama The University of Tokyo 

 Koji Iwano Tokyo City University 

Publicity Koichi Shinoda Tokyo Institute of Technology 

Secretary Nobuaki Minematsu The University of Tokyo 

International Affairs Goh Kawai Hokkaido University 

Paper Submission Tatsufumi Shimizu National Institute of Information and 
Communications Technology 

 Manami Matsuda National Institute of Information and 
Communications Technology 

Web Masters Noboru Takahashi The University of Tokyo 

 Daisuke Saito The University of Tokyo 

International Liaison Nick Campbell Trinity College Dublin
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INTERSPEECH 2010 Organizing Committee (Cont.) 

 

Advisory Members Denis Burnham University of Western Sydney 

 Anne Cutler Max-Planck-Institute for Psycholinguistics 

 Hiroya Fujisaki The University of Tokyo 

 Sadaoki Furui Tokyo Institute of Technology 

 Nobuo Hataoka Tohoku Institute of Technology 

 Roger K. Moore The University of Sheffield 

 John Ohala University of California, Berkeley 

 Douglas O’Shaughnessy Université du Québec 

 Tanja Schultz Universität Karlsruhe 

 Katsuhiko Shirai Waseda University 

 Isabel Trancoso INESC-ID Lisboa 
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Technical Program Committee 

 

Chair  Satoshi Nakamura National Institute of Information and Communications 
Technology 

Co-Chair  Minoru Tsuzaki Kyoto City University of Arts 

Area Coordinators Masahiro Araki Kyoto Institute of Technology 

 Mary Beckman The Ohio State University 

 Jared Bernstein Ordinate Corp.  

 Alan Black Carnegie Mellon University 

 Nick Campbell Trinity College 

 Jianwu Dang Japan Advanced Institute of Science and Technology 

 Li Deng Microsoft Research 

 Pascale Fung The Hong Kong University of Science & Technology 

 Mark Gales University of Cambridge 

 Jean-Luc Gauvain The Computer Sciences Laboratory for Mechanics and 
Engineering Sciences (LIMSI) 

 Satoshi Imaizumi Prefectural University of Hiroshima 

 Toshio Irino Wakayama University 

 Akinori Ito Tohoku University 

 Naoto Iwahashi National Institute of Information and Communications 
Technology 

 Hisashi Kawai National Institute of Information and Communications 
Technology 

 Diane Kewley-Port Indiana University  

 Genichiro Kikui NTT Corporation 

 Norihide Kitaoka Nagoya University 

 Bastiaan Kleijn Royal Institute of Technology (KTH)  

 Akinobu Lee Nagoya Institute of Technology 

 Haizhou Li Institute for Infocomm Research  

 Kikuo Maekawa The National Institute for Japanese Language 

 Kazunori Mano Shibaura Institute of Technology 

 Tomoko Matsui The Institute of Statistical Mathematics 

 Michael McTear  University of Ulster 

 Helen Meng The Chinese University of Hong Kong 

 Roberto Pieraccini SpeechCycle 

 Koichi Shinoda Tokyo Institute of Technology 

 Tetsuya Takiguchi Kobe University 
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Scientific Review Committee 
 
 

Alberto Abad * 

Alex Acero  

Andre Gustavo Adami  

Gilles Adda  

Martine Adda-Decker  

Kiyoaki Aikawa  

Masato Akagi  

Masami Akamine  

Murat Akbacak  

Jan Alexandersson  

Paavo Alku  

Abeer Alwan  

Eliathamby Ambikairajah  

Kanae Amino * 

Noam Amir  

Tim Anderson  

Elisabeth Andre  

Walter Andrews  

Xavier Anguera  

Masahiro Araki * 

Yasuo Ariki * 

Aladdin Ariyaeeinia  

Victoria Arranz  

Levent Arslan  

Amalia Arvaniti * 

Khaled Assaleh  

Roland Auckenthaler  

Cinzia Avesani  

Matthew Aylett  

Harald Baayen  

Michiel Bacchiani  

Pierre Badin  

Gerard Bailly * 

Janet Baker  

Plinio Barbosa  

Etienne Barnard  

Anna Barney  

Dante Barone * 

Vincent Barriac  

William J. Barry  

Anton Batliner  

Frederic Bechet * 

Mary Beckman * 

Steve Beet * 

Homayoon Beigi  

Jerome Bellegarda  

Jose Miguel Benedi  

M. Carmen Benitez Ortuzar  

Jens Berger  

Nicole Beringer  

Kay Berkling  

Jared Bernstein * 

Laurent Besacier  

Frédéric Bettens  

Frederic Bimbot  

Maximilian Bisani  

Judith Bishop  

Alan Black * 

Peter Blamey  

Mats Blomberg  

Gerrit Bloothooft  

Xu Bo  

Enrico Bocchieri * 

Antonio Bonafonte  

Jean-Francois Bonastre  

Zinny Bond  

Helene Bonneau-Maynard  

Herve Bourlard  

Lou Boves  

Daniela Braga * 

Bettina Braun  

Andrew Breen  

Catherine Breslin * 

John Bridle  

Mirjam Broersma  

Niko Brummer  

Udo Bub  

Luis Buera  

Tim Bunnell  

Felix Burkhardt  

Denis Burnham * 

Carlos Busso  

Jose R. Calvo de Lara  

Nick Campbell * 

William Campbell  

Antonio Cardenal Lopez  

Valentin Cardenoso-Payo * 

Michael Carey  

Rolf Carlson  

Avishy Carmi  

Francisco Casacuberta  

Maria Jose Castro-Bleda  

Honza Cernocky  

Mauro Cettolo  

Joyce Chai  

Chandra Sekhar Chellu  

Berlin Chen  

Yan-Ming Cheng  

Rathi Chengalvarayan  

Jo Cheolwoo  

Jen-Tzung Chien * 

KK Chin * 

Gerard Chollet  

Khalid Choukri  

Heidi Christensen * 

Hyunsong Chung  

Robert Clark  

Phil Cohen  

Luisa Coheur  

Jennifer Cole  

Alistair Conkie  

Martin Cooke  

Ricardo de Cordoba  

Piero Cosi  

Irina Cotanis  

Stephen Cox  

Xiaodong Cui  

Fred Cummins  

Francesco Cutugno  

Christophe D`Alessandro  

Walter Daelemans  

Robert Dale  

Joachim Dale  

Paul Dalsgaard  

Geraldine Damnati  

Jianwu Dang * 

Marelie Davel  

Chris Davis  

Angel de la Torre Vega  

Jose Mario De Martino  

Renato De Mori  
Bert de Vries  

David Dean  

Michael Deisher  

Grazyna Demenko  

Kris Demuynck  

Bruce Denby  

Matthias Denecke * 

Li Deng * 

Laurence Devillers  

Giuseppe Di Fabbrizio  

Mariapaola D'Imperio  

G J Docherty * 

Laura Docio-Fernandez  

Minghui Dong  

Ellen Douglas-Cowie  

Christoph Draxler  

Jasha Droppo  

Andrzej Drygajlo  

Jacques Duchateau  

Thierry Dutoit  

Rinzou Ebukuro  

Kjell Elenius  

Amro El-Jaroudi  

Daniel Ellis  

Ahmad Emami  

Julien Epps  

Anders Eriksson  

Mirjam Ernestus  

David Escudero Mancebo  

Maxine Eskenazi  

Carol Espy-Wilson  

Florian Eyben  

Sascha Fagel  

Daniele Falavigna  

Mauro Falcone  

Isabel Fale  

Tiago Falk  

Kevin Farrell  

Marcos Faundez-Zanuy  

Marcello Federico  

	� ���������	






Christian Feldbauer  

Junlan Feng  

Raul Fernandez  

Javier Ferreiros  

Carlos A. Ferrer Riesgo * 

Markus Fiedler  

Tim Fingscheidt  

José A. R. Fonollosa  

Kate Forbes-Riley  

Eric Fosler-Lussier  

Horacio Franco  

Robert Frederking  

Sonia Frota  

Hiroya Fujisaki  

Toshiaki Fukada  

Takashi Fukuda  

Pascale Fung  

Sadaoki Furui  

Kenichi Furuya * 

Mark J. F. Gales * 

Ascensiòn Gallardo Antolìn  

Sharon Gannot  

Yuqing Gao  

Fernando Garcia Granada  

Carmen Garcia Mateo  

Jean-Luc Gauvain * 

Panayiotis Georgiou  

Arnab Ghoshal * 

Dafydd Gibbon  

Diego Giuliani  

James Glass  

Juan Ignacio Godino Llorente  

Roland Goecke  

Pedro Gomez Vilda  

Yifan Gong  

Joaquin Gonzalez-Rodriguez  

Allen Gorin  

Juan Manuel Gorriz Saez  

Mária Gósy  

Yoshi Gotoh  

Martijn Goudbeek  

Philippe Gournay  

John Gowdy  

Bjorn Granstrom  

Agustin Gravano  

David Grayden  

Phil Green * 

Susan Guion-Anderson  

Joakim Gustafson  

Reinhold Haeb-Umbach  

Thomas Hain  

Dilek Hakkani-Tur  

John H.L. Hansen  

Jonathan Harrington * 

Naomi Harte  

Mark Hasegawa-Johnson  

Jean-Paul Haton  

Ville Hautamaki * 

Valerie Hazan  

Timothy J. Hazen  

Matthieu Hebert  

Martin Heckmann  

Paul Heisterkamp  

Gustav Eje Henter  

Hynek Hermansky * 

Inmaculada Hernaez Rioja  

Luis Alfonso Hernandez Gomez  

Javier Hernando  

Wolfgang Hess  

Ulrich Heute  

Ryuichiro Higashinaka  

Yusuke Hioka * 

Sadao Hiroya * 

Hans Guenter Hirsch  

Julia Hirschberg  

Daniel Hirst  

Yusuke Hiwasaki  

Harald Höge  

Volker Hohmann  

W. Harvey Holmes  

Kiyoshi Honda  

Masaaki Honda  

Chiori Hori  

John-Paul Hosom  

David House  

Yi Hu  

Qiang Huang  

Fei Huang  

Mark Huckvale  

Juan Huerta  

Melvyn Hunt  

Lluis F. Hurtado Oliver  

Yosuke Igarashi * 

Toru Imai * 

Yurie Iribe * 

Toshio Irino * 

Shunichi Ishihara  

Masato Ishizaki  

Ken-ichi Iso * 

Akinori Ito * 

Naoto Iwahashi * 

Koji Iwano * 

Philip Jackson  

Peter Jancovic  

Esther Janse  

Jesper Jensen  

Alexandra Jesse  

Luis Jesus  

Qin Jin  

Kristiina Jokinen  

Caroline Jones  

Arne Jönsson  

Szu-Chen Stan Jou  

Biing-Hwang Juang  

Ho-Young Jung  

Takehiko Kagoshima  

Alexander Kain  

Seung-Shik Kang  

Hong-Goo Kang  

Stephan Kanthak  

Hiroaki Kato  

Kouichi Katsurada * 

Hideki Kawahara  

Tatsuya Kawahara  

Hisashi Kawai * 

Kentaro Kayama * 

Patrick Kenny  

Diane Kewley-Port * 

Genichiro Kikui * 

Sanghun Kim * 

Hyung Soon Kim  

Byeongchang Kim  

Jong-mi Kim  

Hong Kook Kim  
Hoirin Kim  

Nam Soo Kim  

Jeesun Kim  

Simon King * 

Brian Kingsbury * 

Tomi Kinnunen  

Yuko Kinoshita  

Norihide Kitaoka * 

Esther Klabbers  

Dietrich Klakow * 

Bastiaan Kleijn * 

Kate Knill * 

Takao Kobayashi  

M. A. Kohler  

George Kokkinakis  

Mariko Kondo * 

Myoung-Wan Koo  

Sunil Kumar Kopparapu  

Takafumi Koshinaka * 

Patricia Kuhl  

Hyuk-Chul Kwon  

Chul Hong Kwon  

Oh-Wook Kwon  

Francisco Lacerda  

Pietro Laface  

Unto K. Laine  

Claude Lamblin  

Lori Lamel  

Yves Laprie  

Kornel Laskowski  

Akinobu Lee * 

Lin-shan Lee  

Kong-Aik Lee  

Chin Hui Lee  

Yongju Lee  

Gary Geunbae Lee  

Roch Lefebvre  

Haizhou Li * 

Qi (Peter) Li  

Hank Liao  

Carlos Lima  

Georges Linares  

Anders Lindström  

Zhen-Hua Ling  

Jackson Liscombe  

Chen Liu  

	� ���������	






Yi Liu  

Yang Liu  

Eduardo Lleida Solano  

Joaquim Llisterri  

Anders Lofqvist  

Ramon Lopez-Cozar Delgado * 

Teresa Lopez-Soto  

Patrick Lucey  

Ning Ma * 

Changxue Ma  

Jeff Ma  

Bin Ma * 

Dusan Macho Cierna  

Javier Macias-Guarasa  

Kikuo Maekawa * 

Abdulhussain E. Mahdi  

Brian Mak  

Robert Malkin  

Nuno Mamede  

Arindam Mandal  

Claudia Manfredi  

Lidia Mangu * 

Kazunori Mano * 

José B. Mariño Acebal  

Jean-Pierre Martens  

Alvin Martin  

Rainer Martin  

Carlos David Martínez Hinarejos  

Shinobu Masaki * 

Sameer Maskey  

Takashi Masuko  

Ana Isabel Mata  

Tomoko Matsui * 

Yosuke Matsusaka * 

Karen Mattock  

Catherine Mayo  

Alan McCree  

Michael McTear * 

Hugo Meinedo  

Alexsandro Meireles * 

Carlos Eduardo Meneses Ribeiro  

Helen Meng * 

Florian Metze  

Bruce Millar  

Ben Milner  

Yasuhiro Minami * 

Nobuaki Minematsu  

Ji Ming  

Wolfgang Minker  

Hansjoerg Mixdorff  

Bernd Möbius * 

Takemi Mochida * 

Daichi Mochihashi  

Parham Mokhtari  

Garry Molholt  

Sebastian Möller * 

Juan Manuel Montero Martinez  

Roger Moore  

Pedro J. Moreno  

Asuncion Moreno  

Takehiro Moriya  

Ronald Mueller  

Christian Mueller * 

Hema Murthy  

Climent Nadeu  

Seiichi Nakagawa  

Atsushi Nakamura * 

Mikio Nakano * 

Hiroaki Nanjo * 

Shrikanth Narayanan  

Juan L. Navarro-Mesa  

Eva Navas  

Jiri Navratil  

Ani Nenkova  

João Neto  

Hermann Ney  

Patrick Nguyen  

Long Nguyen  

Kuniko Nielsen * 

Masafumi Nishimura * 

Elmar Noeth  

Albino Nogueiras  

Sven Nordholm  

Takashi Nose * 

Mohaddeseh Nosratighods  

Regine Obrecht  

Yasunari Obuchi * 

John Ohala  

Sumio Ohno  

Kiyonori Ohtake * 

Luis Oliveira  

Peder Olsen  

Mohamed Omar  

Nobutaka Ono * 

Rosemary Orr  

Alfonso Ortega Gimenez  

Douglas O'Shaughnessy  

Beatrice Oshika  

Mari Ostendorf  

Fernando S. Pacheco  

Tim Paek  

Vincent Pagel  

Sira Elena Palazuelos Cagigas  

Kuldip Paliwal  

Yue Pan  

Jose Manuel Pardo  

Jun Park  

Jong Cheol Park  

Patrick Paroubek  

Steffen Pauws  

Mette Pedersen  

Antonio M. Peinado  

Carmen Pelaez-Moreno  

Jason Pelecanos  

François Pellegrino  

Fernando Perdigao  

Jose Luis Perez Cordoba  

Julie Péron  

Pascal Perrier  

Hartmut R. Pfitzinger  

Mike Phillips  

Michael Picheny  

Joe Picone * 

Olivier Pietquin  

Ferran Pla Santamaría  

Louis C.W. Pols  

Gerasimos Potamianos * 

Rohit Prasad  

Mahadeva Prassanna  

Kristin Precoda  

Patti Price  

Tarun Pruthi  

Yao Qian  

Thomas F. Quatieri  
Alexander Raake  

Nitendra Rajput  

Bhuvana Ramabhadran * 

V. Ramasubramanian * 

Andreia S. Rauber  

Mario Refice  

Norbert Reithinger  

Steve Renals * 

Fernando Gil Vianna Resende Jr.  

Giuseppe Riccardi  

Michael Riley  

Christian Ritz  

Tony Robinson  

Eduardo Rodriguez Banga  

Luis Javier Rodriguez-Fuentes  

Olivier Rosec  

Andrew Rosenberg  

Antti-Veikko Rosti  

Jean-Luc Rouas  

Antonio Rubio  

Martin Russell  

Tara Sainath  

Sakriani Sakti * 

Josep M. Salavedra  

K Samudravijaya  

Victoria Eugenia Sanchez Calle  

Joan Andreu Sanchez Peiro  

Emilio Sanchis  

Eric Sanders * 

RubAcn San-Segundo  

George Saon  

Shimon Sapir * 

Murat Saraclar  

Ruhi Sarikaya  

Hiroshi Saruwatari  

Antonio Satue Villar  

Michelina Savino  

Thomas Schaaf  

Odette Scharenborg  

Florian Schiel  

Jean Schoentgen  

Kirstin Scholz  

Marc Schroeder  

Bjoern Schuller  

Tanja Schultz  

Michael Schuster  

	� ���������	






Reva Schwartz  

Encarnacion Segarra Soriano  

Jose Carlos Segura  

Frank Seide * 

Mike Seltzer  

D. Sen  

Stephanie Seneff  

Cheol Jae Seong  

Antonio Serralheiro  

Alan Sharpley  

Slava Shechtman  

Wade Shen * 

Kiyohiro Shikano  

Jiyoung Shin  

Koichi Shinoda * 

Takahiro Shinozaki * 

Carlos Silva  

Rita Singh  

Olivier Siohan  

Jan Skoglund  

Malcolm Slaney  

Raymond Slyh  

Caroline Smith * 

Connie So  

Victor Sorokin  

Dave Stallard  

Stefan Steidl  

Richard Stern  

Mary Stevens  

Brad Story  

Helmer Strik  

Volker Strom  

Sebastian Stueker  

Matt Stuttle * 

Yannis Stylianou  

Rafid Sukkar  

Torbjorn Svendsen  

Marc Swerts  

Ann Syrdal  

Marija Tabain  

Ryo Taguchi * 

Tetsuya Takiguchi * 

Zheng-Hua Tan  

Yun Tang  

Jianhua Tao  

Carlos Teixeira  

Joao Paulo Teixeira  

António Teixeira  

Louis ten Bosch  

Barry-John Theobald * 

Jilei Tian  

Michael Tjalve  

Tomoki Toda  

Roberto Togneri  

Shinichi Tokuma  

Doroteo T Toledano  

Laura Tomokiyo  

Rong Tong * 

María Inés Torres Barañano  

Arthur Toth * 

Dat Tran  

Isabel Trancoso * 

David Traum  

Chiu-yu Tseng  

Kimiko Tsukada  

Minoru Tsuzaki * 

Gokhan Tur  

Jordi Turmo  

Michael Tyler  

S. Umesh  

Maria Uther  

Martti Vainio  

Jacqueline Vaissiere  

Dirk Van Compernolle  

Henk van den Heuvel  

Jan van Doorn  

Hugo Van hamme  

David van Leeuwen  

Jan van Santen  

Rob Van Son  

Peter Vary  

Saeed Vaseghi * 

Eric Vatikiotis-Bateson  

Mario Vayra  

Dimitra Vergyri  

Werner Verhelst  

Marina Vigario  

Fábio Violaro  

Carlos Enrique Vivaracho Pascual  

Carl Vogel  

Michael Wagner  

Marilyn Walker  

Patrick Wambacq  

Ye-Yi Wang  

Hsiao-Chuan Wang  

Hsin-min Wang  

Nigel Ward  

Natasha L Warner * 

Shinji Watanabe * 

Catherine Watson  

Jim Wayman  

Christian Wellekens  

Stanley Wenndt  

Stefan Werner  

Robert Whitman  

Daniel Willett * 

Johan Wouters  

John Zhiyong Wu  

Yi-Jian Wu  

Chai Wutiwiwatchai  

Bing Xiang  

Haitian Xu  

Yi Xu  

Junichi Yamagashi  

Bayya Yegnanarayana  

Nestor Becerra Yoma  

Kiyoko Yoneyama * 

Dongsuk Yook  

Changhuai You * 

Kai Yu  

Roger (Peng) Yu  

Dong Yu  

Young-Sun Yun  

Milos Zelezny  

Heiga Zen * 

Andrej Zgank  

Yunxin Zhao  

Jing Zheng  

Donglai Zhu * 

Imed Zitouni  

Udo Zoelzer  

Geoffrey Zweig  
 
* INTERSPEECH 2010 Organizing Committee would like to thank those reviewers who made outstanding 

contribution in the extra review process. 

�




Financial Support Committee 

Supreme Advisor Hiroya Fujisaki The University of Tokyo 

Chair Katsuhiko Shirai Waseda University 

Vice-Chairs Sadaoki Furui Tokyo Institute of Technology 

 Noboru Hataoka Tohoku Institute of Technology 

 Keikichi Hirose The University of Tokyo 

Secretaries Takayuki Arai Sophia University 

 Nobuaki Minematsu The University of Tokyo 

Members Shigeyuki Akiba KDDI R&D Laboratories Inc. 

 Fil Alleva Microsoft Corporation 

 Melissa Cornell Nuance Communications, Inc.  

 Phil Hall Appen Speech and Language Technology 

 Hidetoshi Ishii Renesas Electronics Corporation 

 Ken-ichi Iso Yahoo Japan Corporation 

 Hitoshi Iwamida Fujitsu Laboratories Ltd. 

 Hideki Kenmochi Yamaha Corporation 

 Lisa McCracken Google, Inc. 

 Masayuki Nishiguchi Sony Corporation 

 Yasunari Obuchi Hitachi, Ltd. 

 Yohei Okato Mitsubishi Electric Corporation 

 Peder A. Olsen IBM Research 

 Mitsuo Saito Toshiba Corporation 

 Makoto Shozakai Asahi Kasei Corporation 

 Akihiko Sugiyama NEC Corporation  

 Kyoji Yoshikawa RION Co., Ltd. 

 

 

�	



Academic Affiliates 

INTERSPEECH 2010 is made possible in part by the efforts of the following affiliates: 

 

The Institute of Electronics, Information and Communication Engineers 

The Acoustical Society of Japan 

The Acoustical Society of America 

Information Processing Society of Japan 

Phonetic Society of Japan 

Research Institute of Signal Processing Japan 

The Japanese Society for Artificial Intelligence 

The Association for Computing Machinery Japan Chapter 

The Institute of Electrical and Electronics Engineers Japan Council 

Japanese Society for Language Sciences 

Japan Society of Developmental Psychology 

The Association for Natural Language Processing 

Japanese Cognitive Science Society 

IEEE Signal Processing Society Japan Chapter 

The Linguistic Society of Japan 

The Phonological Society of Japan 

Japanese Association of Speech-Language-Hearing Therapists 

The Japan Society of Logopedics and Phoniatrics 

The Japan Laryngological Association 

Japanese Association of Communication Disorders 

Japan Society for Higher Brain Dysfunction 

The Japanese Society for Language and Communication Development Disorders 

Cognitive Neuropsychology Society 

The Japanese Psychological Association 

National Institute of Information and Communications Technology 

 

��



��



��
���������	






��



��
���������	






��
���������	






��



��



INTERSPEECH 2012 will be held at the Hilton Hotel in downtown Portland, Oregon.  

The conference venue is 25 minutes by light train from Portland Intern onal 

Airport. Portland is known for its many excellent restaurants and microbrew beer, 

while  the Portland region has astounding natural beauty, with alpine mountains, 

deserts, and temperate rainforests within short drives.

General Chair:

Jan van Santen 

(Center for Spoken Language Understanding)

General Co-Chair:

Richard Sproat
(Center for Spoken Language Understanding)

Local Arrangements:

Esther Klabbers
(Center for Spoken Language Understanding)

In the tradi on of INTERSPEECH, INTERSPEECH 2012 

emphasizes the interdisciplinary nature of speech 

research, this me further broadening its scope to 

also include appli ons to biomedicine and health. 

Mark 9 – 13 September 2012 on your calendars now. 

For more informa on visit:

://www.inter eech2012.org
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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. 

 

SSW7 — 7th ISCA Workshop on Speech Synthesis 

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 
science and engineering, and their application to education. The workshop is ‘trans-disciplinary’ and 
all theoretical and practical topics will be considered. 

 

SIGDIAL 2010 — 11th Annual Meeting of the Special Interest Group on Discourse and 
Dialogue 

24-25 September 2010, University of Tokyo, Tokyo, Japan 

http://www.sigdial.org/workshops/workshop11 

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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DiSS-LPSS Joint Workshop 2010 — The 5th Workshop on Disfluency in Spontaneous 
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-lpss2010/ 

DiSS is a series of interdisciplinary workshops (Berkeley, 1999; Edinburgh, 2001; Goteborg, 2003; 
Aix-en-Provence, 2005), which have been addressing disfluency — stalls, hesitations, and self-repairs  
— in normal spontaneous speech from a wide range 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, Makuhari, 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 range of topics related to the singing voice  — 
perception, cognition, production, synthesis, analysis and education — and gives many people 
interested in the singing voice a chance to discuss about future research in the singing voice. 
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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, I 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.  
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Keynote 2 
 

Tohru Ifukube 

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

 

Sound-Based Assistive Technology Supporting “Seeing”, “Hearing” and 

“Speaking” for the Disabled and the Elderly 

 

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, I 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, I have experienced how insufficient a function of the tools is 
for supporting the sensory and communication disorders. Moreover, I have been impressed by how 
amazingly potential ability of the human brain works in order to compensate the disorders. 

In my keynote speech, I will show some compensation abilities formed by “brain plasticity”, and also 
show extraordinary ability of some animals such as voice imitation of mynah bird and echolocation of 
bats. Furthermore, I 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 
reality and robotic systems. He published "Design of Voice Typewriter" (1983), “Sound-based 
Assistive Technology” (1997), “Evaluation of Virtual Reality” (Editor, 2000), and “Challenges of 
Assistive Technology” (2004) in Japanese. He is a fellow of the Institute of Electronics, Information 
and Communication Engineers of Japan (IEICE) and received some grand prizes such as “Designing 
Products in Japan” and “Japan Good Design.” 
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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 F0 resets are not uniform, and why some overall F0 
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: 

Communication beyond Language Barriers 

 

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 
article “10 Emerging Technologies That Will Change Your World” in the February 2004 issue of the 
MIT Enterprise Technology Review lists “Universal Translation” as one of these ten technologies. 
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 
translate one’s everyday speech, because Japanese find the acquisition of foreign languages extremely 
difficult due to such factors as Japan’s geographical conditions as well as the isolation of the Japanese 
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. 
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INTERSPEECH 2010 Special Sessions 

 

Models of Speech — In Search of Better Representations 

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 F0 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 descriptions of speech representations 
closely related to linguistic and para-linguistic units and structures through “Analysis-by-Synthesis” in a 
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 
Hansjörg Mixdorff (mixdorff@beuth-hochschule.de), Beuth University of Applied Sciences, Berlin, 
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 method, and topic segmentation. “Open vocabulary” 
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 
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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 

Sebastian Möller (Sebastian.Moeller@telekom.de), Quality and Usability Lab, Deutsche Telekom 

Laboratories, TU Berlin, Germany 

Alexander Raake (Alexander.Raake@telekom.de), Quality and Usability Lab, Deutsche Telekom 

Laboratories, TU Berlin, Germany 

Marcel Wältermann (Marcel.Waeltermann@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 
communication often “breaks down” because of increased age, hearing loss, speech disorder and 
especially acoustic interferences 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. 
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Organizers 

Qian-Jie Fu (qfu@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 
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INTERSPEECH 2010 Paralinguistic Challenge — Age, Gender, and Affect 

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 
more “traditional” disciplines in speech analysis; at 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 
the two corpora “aGender” and “AVIC”, a standard feature set will be provided that may be used. Each 
participation will be accompanied by a paper presenting the results.  
 
Further Details: Paralinguistic Challenge Web Site  
(http://emotion-research.net/sigs/speech-sig/paralinguistic-challenge). 

Organizers 

Björn Schuller (schuller@tum.de), CNRS-LIMSI, France 
Stefan Steidl (stefan.steidl@informatik.uni-erlangen.de), FAU Erlangen-Nuremberg, Germany 
Anton Batliner (Anton.Batliner@lrz.uni-muenchen.de), FAU Erlangen-Nuremberg, Germany 
Felix Burkhardt (Felix.Burkhardt@telekom.de), Deutsche Telekom, Germany 
Laurence Devillers (devil@limsi.fr), CNRS-LIMSI, France 
Christian Müller (cmueller@dfki.de), DFKI, Germany 
Shrikanth Narayanan (shri@sipi.usc.edu), University of Southern California, USA 
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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 

Simon Wiesler, Georg Heigold, Markus Nußbaum-Thom, Ralf Schlüter, and Hermann Ney 

Mon- Ses2- O1 ASR: Acoustic Models I, 13:30–13:50, Monday 

Oriented PCA Method for Blind Speech Separation of Convolutive Mixtures 

Yasmina Benabderrahmane, Sid-Ahmed Selouani, and Douglas O’Shaughnessy 

Mon- Ses3- O3 Source Separation, 16:20–16:40, Monday 

Using Non-Native Error Patterns to Improve Pronunciation Verification 

Joost van Doremalen, Catia Cucchiarini, and Helmer Strik 

Mon- Ses3- P3 Language Learning, TTS, and Other Applications, 16:00–18:00, Monday 

Spectro-Temporal Modulations for Robust Speech Emotion Recognition 

Lan-Ying Yeh, and Tai-Shih Chi 

Tue- Ses1- O4 Emotional Speech, 10:40–11:00, Tuesday 

Prosodic Speaker Verification Using Subspace Multinomial Models with Intersession Compensation 

Marcel Kockmann, Lukáš Burget, Ond ej Glembek, Luciana Ferrer, and Jan “Honza” ernocký 

Tue- Ses2- O2 Speaker Characterization and Recognition II, 13:50–14:10, Tuesday 

Evaluating a Dialog Language Generation System: Comparing the MOUNTAIN System to Other 

NLG Approaches 

Brian Langner, Stephan Vogel, and Alan W Black 

Tue- Ses2- O4 Speech Synthesis IV: Miscellaneous Topics, 13:50–14:10, Tuesday 

Maximum Lexical Cohesion for Fine-Grained News Story Segmentation 

Zihan Liu, Lei Xie, and Wei Feng 

Tue- Ses2- P4 SLP Systems, 13:30–15:30, Tuesday 

Improving ASR-Based Topic Segmentation of TV Programs with Confidence Measures and Semantic 

Relations 

Camille Guinaudeau, Guillaume Gravier, and Pascale Sébillot 

Tue- Ses3- O2 Language Processing, 16:00–16:20, Tuesday 

A Novel Text-Independent Phonetic Segmentation Algorithm Based on the Microcanonical Multiscale 

Formalism 

Vahid Khanagha, Khalid Daoudi, Oriol Pont, and Hussein Yahia 

Tue- Ses3- O3 Speech and Audio Segmentation, 16:20–16:40, Tuesday 

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 

Wed- Ses1- P3 First and Second Language Acquisition, 10:00–12:00, Wednesday 

Parameters Describing Multimodal Interaction – Definitions and Three Usage Scenarios 

Christine Kühnel, Benjamin Weiss, and Sebastian Möller 

Wed- Ses1- P4 Spoken Language Resources, Systems and Evaluation I, 10:00–12:00, Wednesday 

Improving Mandarin Segmental Duration Prediction with Automatically Extracted Syntax Features 

Miaomiao Wen, Miaomiao Wang, Keikichi Hirose, and Nobuaki Minematsu 
Wed- Ses2- P3 Voice Conversion and Speech Synthesis, 13:30–15:30, Wednesday 

Reliable Tracking Based on Speech Sample Salience of Vocal Cycle Length Perturbations 

Christophe Mertens, Francis Grenez, Lise Crevier-Buchman, and Jean Schoentgen 

Thu- Ses1- O2 Physiology and Pathology of Spoken Language, 10:00–10:20, Thursday 

Fully Unsupervised Word Learning from Continuous Speech Using Transitional Probabilities of 

Atomic Acoustic Events 

Okko Johannes Räsänen 

Thu- Ses2- O4 Modeling First Language Acquisition, 14:30–14:50, Thursday 
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INTERSPEECH 2010 Tutorials 
Sunday 26 September 2010 

 

Discriminative Training — Fundamentals 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 (chl@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.  
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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 
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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. 

Presenter 

Taro Watanabe (taro.watanabe@nict.go.jp), National Institute of Information and Communications 

Technology 

 

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 
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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. 

Presenters 

Mazin Gilbert (mazin@research.att.com), AT&T Labs-Research 

Alex Acero (Alex.Acero@microsoft.com), Microsoft Research 

 

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.  
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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. 

Presenters 

Thomas Hain (T.Hain@dcs.shef.ac.uk), University of Sheffield 

Steve Renals (s.renals@ed.ac.uk), University of Edinburgh 

 

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. 

Presenter 

Daniel Hirst (daniel.hirst@lpl-aix.fr), University of Provence, Aix-en-Provence 

 

Multilingual Speech Processing — Rapid 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:  

 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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 Integrating the built components into an application  
 Evaluating and tuning the created components for this application  

In addition to these explicit instructions we will present contrastive examples with a selection of 
languages and explain how the developmental effort affects the resulting system performance.  

The tutorial will feature the SPICE Toolkit (Speech Processing - Interactive Creation and 
Evaluation), a web based toolkit for rapid language adaptation to new languages and RLAT (Rapid 
Language Adaptation Toolkit), an extension to SPICE for web harvesting and language model 
evaluation. The methods and tools implemented in SPICE and RLAT will enable the attendees to 
develop speech processing components, to collect appropriate data for building these models, and to 
evaluate the results allowing for iterative improvements. Building on existing projects like 
GlobalPhone and FestVox, knowledge and data are shared between recognition and synthesis; this 
includes phone sets, pronunciation dictionaries, acoustic models, and text resources. SPICE and RLAT 
are online services (http://cmuspice.org, http://csl.ira.uka.de/rlat-dev) and the attendees will be able to 
use these toolkits anytime before and after the tutorial to continue developing their speech processing 
components. By archiving the data gathered on-the-fly from many cooperative users, we hope to 
significantly increase the repository of languages and resources and make the data and components for 
under-supported languages available at large to the community. By keeping the users in the 
developmental loop, SPICE tools can learn from their expertise to constantly adapt and improve. This 
will hopefully revolutionize the system development process for new languages. 

Presenters 

Tanja Schultz (tanja@cs.cmu.edu), Karlsruhe Institute of Technology & Carnegie Mellon University 

Alan W Black (awb@cs.cmu.edu), Carnegie Mellon University 

 

Medical Speech Processing — Pathologies, Treatment Assistance, Clinical 
Trials 

T-S3-R3: 16:15-19:00, Room 303 

Voice and Language is the very foundation of human communication, being able to clearly articulate 
our intentions is a vital part of being human. However, a lot of diseases or congenital defects can lead 
to voice, speech and language disorders, impairing our daily life. These can occur at every age, from 
young childhood to elderly people.  

It is important to distinguish between voice, speech and language disorders: While a voice 
disorder is linked to the primary signal production (e.g. hoarseness, vocal fold paralysis), speech 
disorders accrue in the more complex process of sound production and modulation (e.g. nasality, 
problems articulating plosives, ...). Last, language disorders are linked to language development (e.g. 
the vocabulary size, grammaticality) and planning (e.g. stuttering).  

In this tutorial, we give an introduction to a selection of the most common voice, speech and 
language disorders and their medical pathologies. We show how to cooperate with medical doctors 
and what technical tools can be integrated to the clinical work flow of speech therapists. With the help 
of data acquisition tools and therapists, means for automatic assessment can be investigated and 
validated in clinical trials. These automatic measures can help the therapy by providing an objective 
and quantitative measure of treatment success.  

This tutorial is intended for speech engineers that are interested in medical speech processing and 
want to learn about the medical background, how to cooperate with medical doctors and how to 
conduct clinical trials including data acquisition, statistical analysis and privacy issues. We also show 
results of clinical trials on various pathologies and give a hands-on introduction to the client-server 
tool that was used for the whole process. 

Presenters 

Elmar Nöth (noeth@informatik.uni-erlangen.de), University of Erlangen-Nuremberg 

Tobias Bocklet (tobias.bocklet@informatik.uni-erlangen.de), University of Erlangen-Nuremberg 
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