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aims relate to the compiling of the existing LRs and the production of LRs
in terms of language and technology needs.

Dr. Lori Lamel joined LIMSI as a permanent CNRS Researcher in October
1991 (http://www.limsi.fr/Individu/lamel/). She received her Ph.D. degree
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Dr. Etienne Barnard is a research scientist and coleader of the Human
Language Technologies research group at the Meraka Institute in Pretoria,
South Africa, and Professor in Electronic and Computer Engineering at the
University of Pretoria. He obtained a Ph.D. in Electronic and Computer
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positions at Toshiba and the Electrotechnical Laboratories (ETL) in Japan.
Currently, she is Director of Language Development at Cepstral, LLC,
where she is responsible for expansion to new languages and enhancement
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April 1974, and ATR Interpreting Telecommunications Research Labo-
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and multimedia interfaces. At Carnegie Mellon University, he also serves as
Associate Director of the Language Technology Institute and as Director
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ing members of the CMU’s Human Computer Interaction Institute (HCII)
and continues on its core faculty. Dr. Waibel was one of the founders
of C-STAR, the international consortium for speech translation research
and served as its chairman from 1998-2000. His team has developed the
JANUS speech translation system, the JANUS speech recognition toolkit,
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B.S. in Electrical Engineering from the Massachusetts Institute of Tech-
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developer at ICON Systems, developing educational software. In 1995
he joined the research team of Professor Ney at the Technical University
of Aachen, Germany, where he started work on statistical machine trans-
lation. Since May 2001, he has worked at Carnegie Mellon University in
Pittsburgh, Pennsylvania, where he leads a team of students working on sta-
tistical machine translation, translation of spontaneous speech, automatic
lexicon generation, named entity detection and translation, and machine
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trical Engineering, all from the Massachusetts Institute of Technology.
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Human-Centric Computing and Interface Technologies in 2005 and cur-
rently serves as co-director. Her research interests include multilingual
speech and language processing, multimodal human-computer interactions
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puter Speech and Language, Speech Communication, and the International
Journal of Computational Linguistics, and Chinese Language Processing.
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Dr. Devon Li is a chief engineer in the Human-Computer Communica-
tions Laboratory (HCCL), The Chinese University of Hong Kong (CUHK).
He received his B.Eng. and M.Phil. degrees from the Department of Sys-
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CUHK in the Challenge Cup Competition in 2001, a biennial competi-
tion where over two hundred universities across China compete in terms



CONTRIBUTOR BIOGRAPHIES XXV

of their R&D projects. The project was awarded Second Level Prize in
this competition. Devon extended his work to spoken query retrieval dur-
ing his internship at Microsoft Research Asia, Beijing. In 2002, Devon
began to work on the “Author Once, Present Anywhere (AOPA)” project
in HCCL, which aimed to develop a software platform that enables multi-
device access to Web content. The user interface is adaptable to a diversity
of form factors including the desktop computer, mobile handhelds, and
screenless voice browsers. Devon has developed the CU Voice Browser
(a bilingual voice browser) and also worked on the migration of CUHK’s
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has integrated the SAPI-compliant CUHK speech engines with the SALT
framework.
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