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Arthur Chan
Self-Motivated Speech Scientist, with Strong Experience in 

Building Successful, Real-life Speech Applications 

· Strong background in acoustic, language and pronunciation modeling.

· Solid experience in speech recognizer development, team management and code-base maintenance. 

· Solid experience in speech application building including dialogue systems and pronunciation-learning systems.
· Strong experience in maintenance/development of large code bases (100k lines to 250k lines) development using tools such as CVS/Subversion/Sourcesafe, passionate about code review.

· Track record of meeting/exceeding customer expectation in performance tuning.

· Proficiency in C/C++/Java/Perl/Python/HTK.

· Fluency in English/Mandarin/Cantonese.

	Working Experience
	Dec 2003 – now  Carnegie Mellon University 

Senior Research Programmer

Project manager/Core developer of development of Sphinx 3.X, a set of speaker-independent high performance speech recognizers. 
· Manager of a team of 5-person graduate-level developers’ team.  Tasks include daily maintenance of the software, recruiting, user support, software documentation; regression testing, conducting developer’s meeting/code review.

· One of the authors of CMU-Cambridge statistical language modeling toolkit Version 3 Alpha.  Code is released under the BSD license. 

· From Sphinx 3.5 to 3.6: restructuring the whole Sphinx 3.X’s    code base, further improvement of speed for 25%, support for     sphinx II’s style FST search
· From Sphinx 3.4 to 3.5: implementation of speaker adaptation routines based on maximum likelihood linear regression and code merging of Sphinx 3.0 into Sphinx 3.X.  

· From Sphinx 3.3 to 3.4: speed-up of GMM computation and    graph search and achieve 90% gain in speed with less than 5% accuracy degradation. 

· Manager of a team of 5-person graduate-level researchers’ team.  The goal is to improve Sphinx III performance in a meeting task.
· Member of a team in DARPA funded projects CALO and DARPA.  

· Maintainer/Developer of CALO (Cognitive Assistant that can    Learn and Organize) recorder, which is a portable multi-modal meeting perceptual event recorder, Speechalyzer, an OAA agent    for Sphinx 3.X which could automatically accept OAA messages    for decoding
July 2002 – Aug 2003 SpeechWorks International (now ScanSoft)

Product Speech Scientist

· Acoustic modeling improvement in SpeechWorks’ latest version of its network-based speech recognizer, “Open Speech Recognizer 2.0”.

· Developed mixture selection algorithms that reduce mixture size without performance degradation.

· Developed flexible control of model sizes by trading-off a tied    mixture system and a fully continuous system.

· Fine-tuned context-dependent modeling and soft-clustering. 

· Benchmarked performance of adaptation in SpeakFreely, a   software package that allows users to speak natural language in     telephony speech systems. 

· Implemented statistical significance testing techniques.

· Developed and modified an existing large C/C++ code base.
Solutions Speech Scientist

· Language/Domain-specific telephony application tuning and  development. Clients include Singtel, Qantas and Pacific Century Cyberworks (PCCW) through improved acoustic, language and pronunciation modeling.

· Performed application-specific tuning in telephone speech applications throughout Asia-Pacific. Clients include SingTel,  Qantas and Pacific Century CyberWorks (PCCW).

· Performed automated-attendant fine-tuning at SingTel. The   system can handle 14K Romanized Chinese Names with > 85% transaction completion rate.

· Performed application-specific in Cantonese, Singaporean English and Australian English on SpeechWorks 6.5 SE, a network-based speech recognizer.

· Designed, specified and reviewed speech user-interface.

· Managed and developed Cantonese, Singaporean English and Australian English version of Open Speech Dialogue Module, a foreign language adaptation of Speechworks’ dialogue system   using Open Speech Recognizer 1.1. Works include inter-office communication, management of interns and monitoring recording sessions.

	
	July 2001 – Jun 2002
SpeechWorks International (now ScanSoft)

Speech Science Intern

· Improved accuracy in SpeechWorks Cantonese Speech Recognizer by  30%.

· Reduced word error rate by 30% by improving acoustic, language  and pronunciation modeling. 

· Fine-tuned 2000 words stock quote system. Work includes development of Cantonese/Mandarin romanizer, grammar writing.

· Involved in data collection and application support.

	
	Sep 1999 – Jul 2001 Hong Kong University of Science and Technology

Research Assistant 

Research Assistant in Project Plaser, a program which helped Hong Kong high-school students to learn English pronunciations using automatic speech recognition.

· Participated in development of Pronunciation Learning via Automatic Speech Recognition (Plaser). Performed benchmarking of recognizer and decided model configuration for different tasks.

· Experimented different ideas in feedback information to help   junior high school students to correct their mispronunciations. 

· Improved garbage modeling by experimenting with different configurations of garbage model.

· Provided mentoring support for 3 students. 

	
	Jul 1999 – Sep 1999 Hong Kong University of Science and Technology (HKUST)

Research Assistant 

Research Assistant in digital audio watermarking.
· Developed algorithms in Digital Audio Watermarking using  MATLAB.
Jul 1998 – Jul 1999 Hong Kong University of Science and Technology (HKUST)

Software Development Contractor

Sole-developer of stand-alone applications for high school libraries using Microsoft Foundation Class, 
· Designed and implemented the graphical user interface for circulation and administration for high-school libraries using Microsoft Foundation Class (MFC).

	Education
	Sep 1999 – Jul 2002 
Hong Kong University of Science and Technology
· Master Graduate in Electrical and Electronic Engineering
· Master Graduate, researching on speech recognition algorithms under impulse noise environment.
· Thesis titled: “Robust Speech Recognition Against Unknown Short-time Noise”
· Implemented Viterbi algorithm with graph inputs. Performance is equivalent to Hidden Markov Model Toolkit (HTK) in TIDIGITS    task. 
· Modified and implemented speech recognition algorithms to   achieve better robustness against impulse noise. Significant improvement was resulted. 

· Other research includes mixture growing and decision-tree based tying. 

· Research results are published in highly acclaimed journals in    the field. 

Sep 1996 – Jul 1999 
Hong Kong University of Science and Technology
· Bachelor Graduate in Electrical and Electronic Engineering
· Bachelor Graduate, working on speech-assisted MATLAB.
· Final Year Project titled: “Speech assisted MATLAB”
· Implemented Viterbi algorithm with lists of commands.

· Design software architecture.

	Other Skills
	· Sphinx Related: Training and evaluation using the Sphinx system. Customization of Sphinx related code.  Usage of CMU LM Toolkit a  and its variants.

· HTK Related: Acoustic Model Training of xTIMIT, TIDIGITS, AURORA 2.0, RM and Wall Street Journal (5k) using HTK.   

· Other speech related skills: Julius, ISIP speech recognizer, SPRACHcore, festival.
· Programming Skills: C, C++, Perl, Python, Java, Tcl, MATLAB, bash, tcsh, zsh, MFC, wxWidgets, VXML
· Development Skills: cvs, subversion, Sourcesafe, Sourceforge.
· OS and Platforms: Linux/Solaris/Mac OSX/Windows XX on x86/sparc/ppc/alpha
· Language Skills: Native Speaker in Cantonese, Fluent in English  a and Mandarin, Basic in Japanese


	Publications
	(Yu-Chung Chan is one of my author name.)

B. Langner, R. Kumar, A. Chan , L. Gu, A. W. Black, Generating Time-Constrained Audio Presentations of Structured Information, In Interspeech 2006, Pittsburgh, USA

D. Huggins-Daines, M. Kumar, A. Chan , A. W. Black, R. Mosur, A. I. Rudnicky , PocketSphinx: A Free, Real-time Continuous Speech Recognition System for Hand-held Devices, accepted in ICASSP2006, France

A. Chan , R. Mosur and A. I. Rudnicky, On Improvements of CI-based GMM Selection, in Interspeech 2005, Portugal.  

R. Zhang, Z. Al Bawab, A. Chan , A. Chotiomongkol, D. Huggins-Daines, A. I. Rudnicky, Investigations on Ensemble Based Semi-Supervised Acoustic Model Training, Interspeech2005, Portugal.

A. Chan , J. Sherwan, R. Mosur and A. I. Rudnicky, Four-Level Categorization Scheme of Fast GMM Computation Techniques in Large Vocabulary Continuous Speech Recognition Systems, ICSLP 2004, Korean.

S. Banerjee, J. Cohen, T. Quisel, A. Chan , Y. Patodia, Z. Al Bawab, R. Zhang, A. Black, R. Stern, R. Rosenfeld, A. I. Rudnicky, Creating Multi-Modal, User-Centric Records of Meetings with the Carnegie Mellon Meeting Recorder Architecture, NIST Meeting Recognition Workshop of ICASSP 2004. 
Y. C. Chan , and M. Siu, Efficient Computation of the Frame-based Extend Union Model and its Application against Partial Temporal Corruptions, accepted by Computer, Speech and Language.

Brian Mak, Manhung Siu, Mimi Ng, Yik-Cheung Tam, Yu-Chung Chan, Kin-Wah Chan, Ka-Yee Leung, Simon Ho, Fong-Ho Chong, Jimmy Wong, Jacqueline Lo, PLASER: Pronunciation Learning via Automatic Speech Recognition, Proceeding of HLT-NAACL May 2003.

Yu-Chung Chan, Robust Speech Recognition Against Unknown Short-Time Noise, Master thesis, Hong Kong University of Science and Technology. 

Manhung Siu, Yu-Chung Chan, Robust Speech Recognition against Short-Time   Noise, ICSLP 2002.

Manhung Siu, Yu-Chung Chan, Robust Speech Recognition against Packet Loss, Eurospeech 2001.

Yu-Chung Chan, Manhung Siu, Brian Mak , Pruning of State-Tying Tree using Bayesian Information Criterion with Multiple Mixtures, ICSLP 2000.
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