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I. EARNED DEGREES 
 

 Ph.D. - Department of Electrical Engineering, University of Washington, Seattle, WA. 1981 

 M.S. -  Department of Engineering and Applied Science, Yale University, New Haven, CT. 1977 

 B.S.  -  Department of Electrical Engineering, National Taiwan University, Taipei, Taiwan, 1973 

 

II. EMPLOYMENT 
 

 Professor, School of Electrical and Computer Engineering, Georgia Tech, 9/2002 – Present. 

 Professor, School of Computing, National University of Singapore, 8/2001-8/2002 

 Director, Dialogue Research, Lucent Technologies Bell Labs, Murray Hill, NJ., 1997-2001 

 Member of Technical Staff and Distinguished MTS, AT&T Bell Labs, Murray Hill, NJ., 1986-1996 

 DSP Group Manager, Digital Sound Corporation, Santa Barbara, CA.,  1984-1986 

 Senior Research Scientist, Verbex Corporation, Bedford, MA., 1981-1983 

 

III. TEACHING 
 

A. INDIVIDUAL STUDENT GUIDANCE 

 

A1. Ph.D. Students 

 

 A1.1. Graduated Ph.D. Students 

 

1. Qiang Huo, University of Science and Technology, Hefei, China, and The University of Hong Kong, 

CS Department, PhD 1993, “Bayesian Learning of the Parameters of Hidden Markov Models” (Co-

advisor, responsibible for technical supervision) 

2. Chih-Heng Lin, National Taiwan University, Taipei, Taiwan, EE Department, PhD 1994, “Speaker 

Adaptation Based on Hidden Markov Models” (Co-advisor, responsible for technical supervision, 

most work done at Bell Labs, Murray Hill) 

3. Chih-Shih Liu, National Tsing Hua University, Hsinchu, Taiwan, EE Department, PhD 1995, 

“Discriminative Training for Speaker Verification” (Co-advisor, responsible for technical 

supervision, most work done at Bell Labs, Murray Hill) 

4. Jen-Tzung Chien, National Tsing Hua University, Hsinchu, Taiwan, EE Department, PhD 1997, 

“Speaker Adaptation Using MAP Transformation and Adaptation” (Co-advisor, responsible for 

technical supervision) 

5. Arun C. Surendran, Rutgers University, EE Department, PhD 1998, “Non-linear Maximum 

Likelihood Stochastic Matching for Robust Speech Recognition” (Co-advisor, responsible for 

technical supervision, most work done at Bell Labs, Murray Hill) 

6. Cristina Chesta, Politecnico di Torino, Italy, PhD 1999, “Joint Maximum A Posteriori Linear 

Regression for Robust Speech Recognition” (Co-advisor, responsible for technical supervision, most 

work done at Bell Labs, Murray Hill) 

7. Koichi Shinoda, Tokyo Institute of Technology, CS Department, PhD 2001, “A Structural Maximum 

A Posteriori (SMAP) Approach to Speech Recognition” (Co-advisor, responsible for technical 

supervision, most work done at Bell Labs, Murray Hill) 

8. Tor Andre Myrvoll, Norwegian University of Science and Technology, Department of 

Telecommunications, PhD 2002, “A Structural Maximum a Posteriori Linear Regression (SMAPLR) 

Approach to Speech Recognition”  (Co-advisor, responsible for technical supervision, most work 

done at Bell Labs, Murray Hill) 

9. Chao-Shih Huang, National Tsing Hua University, Hsinchu, Taiwan, EE, PhD 2003, “Error Rate 

Reduction and Estimation for Robust Speech Recognition”  (Co-advisor, responsible for technical 
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supervision, most work done at Bell Labs, Murray Hill and National University of Singapore) 

10. Namunu C. Maddage, National University of Singapore, CS Department, Ph.D. graduated Fall 2006 

(Co-advisor, responsible for technical supervision, work done at National University of Singapore) 

11. Rui Shi, National University of Singapore, CS Department, PhD Graduating in Fall 2008 (Co-advisor, 

responsible for technical supervision, most work done at National University of Singapore) 

12. Jinyu Li, Georgia Institute of Technology, School of ECE, PhD, Fall 2008, “Soft Margin Estimation 

for Automatic Speech Recognition” 

13. Sibel Yaman, MSR Fellow, Georgia Tech, School of  ECE, PhD, Fall 2008, “A Multi-objective 

Programming Perspective to Statistical Learning Problems” 

14. Yu Tsao, Georgia Institute of Technology, School of  ECE, Ph.D., Fall 2008, “An Ensemble Speaker 

and Speaking Environment Modeling Approach to Robust Speech Recognition” 

15. Chengyuan Ma, Georgia Institute of Technology, School of  ECE, PhD, Fall 2009, A Detection-

Based Pattern Recognition Framework and Its Applications”  

16. Jeremy Reed, Georgia Institute of Technology, School of  ECE, PhD, Fall 2010, “Acoustic Segment 

Modeling and Preference Ranking for Music Information Retrieval” 

17. Byungki Byun, Georgia Institute of Technology, School of  ECE, PhD, Fall 2011, “On Discriminative 

Semi-Supervised Incremental Learning with a Multi-View Perspective for Image Concept Modeling” 

18. Aleem Mushtaq, Georgia Institute of Technology, School of  ECE, PhD, Spring 2013, “An Integrated 

Approach to Feature Compensation Combining Particle Filters and Hidden Markov Models for 

Robust Speech Recognition” 

19. Ilseo Kim, Georgia Institute of Technology, School of  ECE, PhD, Spring 2013, “Per-exemplar 

Analysis with MFoM Fusion Learning for Multimedia Retrieval and Recounting” 

20. Zhiyuan Sheng, Harbin Institute of Technology, PhD, Spring 2014, “Blood Flow Estimation for 

Ultrasound Color Flow Imaging” 

21. You-Chi Cheng, Georgia Institute of Technology, School of  ECE, PhD, Spring 2015, “Robust 

Gesture Recognition” 

22. Yong Xu, University of Science and Technology of China, PhD, Spring 2015, “Research on Deep 

Neural Network Based Speech Enhancement” 

23. I-Fan Chen, Georgia Institute of Technology, School of  ECE, PhD, Fall 2015, “Resource-Dependent 

Spoken Keyword Search” 

24. Sadia Shakil, Georgia Institute of Technology, School of  ECE, PhD, Spring 2016, “Windowing 

Effect and Adaptive Change Point Detection of Dynamic Functional Connectivity in the Brain” 

25. Yannan Wang, University of Science and Technology of China, PhD, Spring 2017, “Speaker-

Independent Single-Channel Speech Separation Based on Deep Models” 

26. Zhen Huang, Georgia Institute of Technology, School of  ECE, PhD, Summer 2017, “Bayesian 

Adaptation and Combination of Deep Models for Automatic Speech Recognition” 

27. Bo Wu, Xidian University (two-year visiting PhD student), Spring 2018, “Research on Deep Neural 

Network Based Speech Dereverberation” 

 

A1.2. Current Ph.D. Students  

 

1. Kehuang Li, Georgia Tech, ECE, PhD, started Spring 2013 

2. Wei Li, Georgia Tech, ECE, PhD, started Fall 2014 

3. Sicheng Wang, Georgia Tech, ECE, PhD, started Fall 2016 

 

  A2. Master Students 

 

A2.1. Graduated Master Students 

 

1. Jeff H.-K. Kuo, Massachusetts Institute of Technology, M.S. 1994, “Speaker Clustering for Talker 

Group Identification” (Co-advisor, responsible for technical supervision, most work done at Bell 

Labs, Murray Hill) 

2. Jorge Alvarez-Cercardillo, Technical University of Madrid, Spain, M.S. 1996, “Acoustic Modeling of 

Context Dependent Units for Large Vocabulary Speech Recognition in Spanish” (Co-advisor, 

responsible for technical supervision, most work done at Bell Labs, Murray Hill) 

3. J.J. Molina-Perez, Technical University of Madrid, Spain, M.S. 1998, “Task-Independent Subword 

Selection and Modeling for Speech Recognition” (Co-advisor, responsible for technical supervision, 
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most work done at Bell Labs, Murray Hill) 

4. Benoit Launay, Technical University of Munich, Germany, M.S. 2001, “Knowledge-Based Feature 

Extraction for Large Vocabulary Continuous Speech Recognition” (Co-advisor, responsible for 

technical supervision, most work done at Bell Labs, Murray Hill) 

5. Wen Wu, National University of Singapore, CS Department, M.Sc. 2003, “A Maximal Figure-of-

Merit Learning Approach to Text Categorization” (Co-advisor, responsible for technical supervision, 

most work done at National University of Singapore) 

6. Namunu C. Maddage, National University of Singapore, CS Department, M.Sc. 2003, , “Statistical 

Analysis of Musical Instruments” (Co-advisor, responsible for technical supervision, most work done 

at National University of Singapore) 

7. Dominik Loefer, Georgia Institute of Technology, ECE Department, M.Sc. 2006, “Instrument 

Timbres and Pitch Estimation in Polyphonic Music” 

 

   A3. Undergraduate Students 

 

1. Toma Ioan, National University of Singapore, CS Department, Intern from Romania, B.S. 2002, 

“Discriminative Semantic Models for Topic Spotting” 

2. Vivien Chua, Georgia Tech, School of ECE,  “Identification of Phonemes Using Neural Networks” 

3. Vincent Lacey,  Georgia Tech, School of ECE,  Ongoing undergraduate research 

4. Shai Messingher,  Georgia Tech, School of ECE,  Ongoing undergraduate research 

5. Alan Dong,  Georgia Tech, School of ECE,  Ongoing undergraduate research 

 

 B. OTHER TEACHING ACTIVITIES  

 

 Developed Columbia University Course EE 6820: Fundamentals of Automatic Speech Recognition, 

Fall Semester 1998 (following Rabiner’s textbook) 

 Developed National University of Singapore Course CS6212: Speech and Language Processing, Fall 

Semester 2001 (Fundamentals of Speech and Language Processing) 

 Developed National University of Singapore Course CS3242: Hypermedia Information Processing, 

Spring Semester, 2002 (multimedia systems and technologies and applications on internet 

 Developed ECE6255 at http://www.ece.gatech.edu/~chl/ECE6255.sp04 (Digital Speech Processing) 

 Developed ECE3075 at http://www.ece.gatech.edu/~chl/ECE3075.sum04 (Random Signals) 

 Developed ECE8813 at http://www.ece.gatech.edu/~chl/ECE8133.sp07 (Statistical NLP) 

 Developed ECE7252 at http://www.ece.gatech.edu/~chl/ECE7252.sp08 (Machine Learning for DSP) 

 Developed new ECE6254 in Spring 2012 on T-Square (Statistical Signal processing) 

 Developed new course materials for ECE2026 in Spring 2012 on T-Square (DSP First) 

 

IV. SCHOLARLY ACCOMPLISHMENTS 
 

A. PUBLISHED BOOKS AND PARTS OF BOOKS 
[1] C.-H. Lee, F. K. Soong and K. K. Paliwal (eds), Automatic Speech and Speaker Recognition: Advanced 

Topics, Kluwer Academic Publishers, 1996. 

[2] Paul Dalsgaard, Chin-Hui Lee, Paul Heisterkamp, and Ron Cole (editors), Proceedings ESCA Workshop on 

Interactive Dialogue in Multi-Modal Systems, 1999. 

[3] C.-H. Lee, H, Li, L.-s. Lee, R.-H. Wang, and Q. Huo (eds), Advances in Chinese Spoken Language 

Processing, World Scientific Publishing Co., 2006. 

[4] C.-H. Lee (Part G Editor), “Language Identification,” in Springer Handbook on Speech Processing and Speech 

Communication, J. Benesty, Y. Hunag. M. M. Sondhi, Editors, Springer-Verlag, 2008. 

[5] R. Pieraccini, C.-H. Lee, E. Giachin, and L. R. Rabiner,"An Efficient Structure for Continuous Speech 

Recognition," in Speech Recognition and Understanding: Recent Advances, Trends and Applications, NATO 

ASI Series F, P. Laface Editor, Springer-Verlag, 1991. 

[6] C.-H. Lee, L. R. Rabiner and R. Pieraccini, "Speaker-Independent Continuous Speech Recognition Using 

Continuous Density Hidden Markov Models," in Speech Recognition and Understanding: Recent Advances, 

Trends and Applications, NATO ASI Series F, P. Laface Editor, Springer-Verlag, 1991. 

[7] C.-H. Lee and J.-L. Gauvain, "Adaptive Learning in Acoustic and Language Modeling," in New Advances and 

Trends in Speech Recognition and Coding, NATO ASI Series F, A. Rubio Editor, Springer-Verlag, 1995. 

http://www.ece.gatech.edu/~chl/ECE6255.sp04
http://www.ece.gatech.edu/~chl/ECE3075.sum04
http://www.ece.gatech.edu/~chl/ECE8133.sp07
http://www.ece.gatech.edu/~chl/ECE7252.sp08
http://www.cpk.auc.dk/ids99/
http://www.cpk.auc.dk/ids99/
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[8] B.-H. Juang, W. Chou, and C.-H. Lee, "Statistical and Discriminative Methods for Speech Recognition," in 

New Advances and Trends in Speech Recognition and Coding, NATO ASI Series F, A. Rubio Editor, 

Springer-Verlag, 1995. 

[9] C.-H. Lee and J.-L. Gauvain, "Bayesian Adaptive Learning and MAP Estimation of HMM," in Automatic 

Speech and Speaker Recognition: Advanced Topics, C.-H. Lee, F. K. Soong and K. K. Paliwal Editors, Kluwer 

Academic Publishers, 1996. 

[10] B.-H. Juang, W. Chou, and C.-H. Lee, "Statistical and Discriminative Methods for Speech Recognition," in 

Automatic Speech and Speaker Recognition: Advanced Topics, C.-H. Lee, F. K. Soong and K. K. Paliwal 

Editors, Kluwer Academic Publishers, 1996. 

[11] L. R. Rabiner, B.-H. Juang and C.-H. Lee, "An Overview of Automatic Speech Recognition," in Automatic 

Speech and Speaker Recognition: Advanced Topics, C.-H. Lee, F. K. Soong and K. K. Paliwal Editors, Kluwer 

Academic Publishers, 1996. 

[12] S. Katagiri, B.-H. Juang and C.-H. Lee, "Pattern Recognition Using A Family of Design Algorithms Based 

Upon Generalized Probability Descent Method," in Intelligent Signal Processing, S. Haykin and B. Kosko 

Editors, IEEE Press, 2001. 

[13] L. Chaisorn, T.-S. Chua and C.-H. Lee, "News Video Segmentation," Handbook of Video Database, CRC 

Publications, pp. 1133-1148, 2003. 

[14] R. Shi, H. Feng, C.-H. Lee and T.-S. Chua, ''An Adaptive Image Content Representation and Segmentation 

Approach to Automatic Image Annotation,'' Image and Video Retrieval, P. Enser et al. (Eds.), pp. 545-554, 

Springer Berlin Heidelberg, 2004. 

[15] C.-H. Lee, “Back to Speech Science - Towards a Collaborative ASR Community of the 21st Century," 

Dynamics in Speech Production and Perception, P. Divenyi, S. Greenberg, and G. Meyer (eds), NATO 

Science Series, IOS Press, 2006. 

[16] H. Li, B. Ma and C.-H. Lee, “Vector Based Spoken Language Classification,” in Springer Handbook on 

Speech Processing and Speech Communication, J. Benesty, Y. Hunag. M. M. Sondhi, Editors, Springer-

Verlag, 2008. 

[17] C.-H. Lee, “Linking Statistical Signal Processing with Acoustic Phonetics: A New Speech Recognition and 

Analysis Framework Based on Automatic Speech Attribute Transcription (ASAT),” Frontiers in Phonetics 

and Speech Science, 2009. 

[18] C.-H. Lee, “Speech Recognition and Production by Machines,” in : James D. Wright (Editor-in-Chief), W. S. 

Y. Wang Section Editor, H. Whitaker, Area Editor, International Encyclopedia of Social and Behavior 

Sciences, 2nd Edition, Vol. 23, pp. 259-263, Oxford: Elsevier, 2015. 

 

B. REFEREED PUBLICATIONS   
 

B1. Journal Publications: 

[1] C.-H. Lee and R. D. Martin, "Ordinary and Proper Location M-estimate for Autoregressive-Moving Average 

Models," Biometrica, Vol. 73, No. 3, pp. 679-686, December 1986. 

[2] C.-H. Lee, "On Robust Linear Prediction of Speech," IEEE Trans. Acoustic, Speech and Signal Proc., Vol. 

ASSP-36, No.5, pp. 642-650, May 1988. 

[3] C.-H. Lee, "On the use of some robust modeling techniques for speech recognition," Computer Speech and 

Language, Vol.3, No.1, pp. 35-52, January 1989. 

[4] C.-H. Lee, "Applications of Dynamic Programming to Speech and Language Processing," AT&T Technical 

Journal, Special Issue on Optimization: Methodology, Algorithm and Applications, Vol. 68, No.3, pp. 114-

130, May/June 1989. 

[5] C.-H. Lee and L. R. Rabiner, "A Frame-Synchronous Network Search Algorithm for Connected Word 

Recognition," IEEE Trans. Acoustic, Speech and Signal Proc., Vol. ASSP-37, No. 11, pp. 1649-1658, Nov. 

1989. 

[6] C.-H. Lee, L. R. Rabiner, R. Pieraccini and J. G. Wilpon, "Acoustic Modeling for Large Vocabulary Speech 

Recognition," Computer, Speech and Language, Vol. 4, No. 2, pp. 127-165, April 1990. 

[7] J. G. Wilpon, L. R. Rabiner, C.-H. Lee and E. R. Goldman, "Automatic Recognition of Keywords in 

Unconstrained Speech Using Hidden Markov Models," IEEE Trans. Acoustic, Speech and Signal Proc., Vol. 

ASSP-38, pp. 1870-1878, Nov. 1990. 

[8] C.-H. Lee, C.-H. Lin and B.-H. Juang, "A Study on Speaker Adaptation of the Parameters of Continuous 

Density Hidden Markov Models," IEEE Trans. Acoustic, Speech and Signal Proc., Vol. ASSP-39, No. 4, pp. 

806-814, April 1991. 
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[9] E. P. Giachin, C.-H. Lee and A. E. Rosenberg, "Word Juncture Modeling Using Phonological Rules for HMM-

Based Continuous Speech Recognition," Computer, Speech and Language, Vol. 5, No. 2, pp. 155-168, April 

1991. 

[10] C.-H. Lee, E. Giachin, L. R. Rabiner, R. Pieraccini and A. E. Rosenberg, "Improved Acoustic Modeling for 

Large Vocabulary Continuous Speech Recognition," Computer, Speech and Language, Vol. 6, No. 2, pp. 103-

127, April 1992. 

[11] J.-L. Gauvain and C.-H. Lee, "Bayesian Learning for Hidden Markov Model with Gaussian Mixture State 

Observation Densities," Speech Communication, Vol. 11, Nos. 2-3, pp. 205-213, June 1992. 

[12] P. Ramesh, J. G. Wilpon, M. A. McGee, D. B. Roe, C.-H. Lee and L. R. Rabiner "Speaker-Independent 

Recognition of Spontaneously Spoken Connected Digits," Speech Communication, Vol. 11, Nos. 2-3, pp. 229-

235, June 1992. 

[13] E. Giachin, C.-H. Lee, L. R. Rabiner, A. E. Rosenberg, and R. Pieraccini, "On the Use of Inter-word Context 

Dependent Units for Word Juncture Modeling," Computer, Speech and Language, Vol. 6, No. 3, pp. 197-213, 

July 1992. 

[14] N. Merhav and C.-H. Lee, "A Minimax Classification Approach with Application to Robust Speech 

Recognition," IEEE Trans. on Speech and Audio Proc., Vol. 1, No. 1,  pp. 90-100, Jan. 1993. 

[15] J. G. Wilpon, C.-H. Lee and L. R. Rabiner, "Connected Digit Recognition Based on Improved Acoustic 

Resolution," Computer, Speech and Language, Vol. 7, No. 1, pp. 15-26, Jan. 1993. 

[16] N. Merhav and C.-H. Lee, "On the Asymptotic Statistical Behavior of Empirical Cepstral Coefficients," IEEE 

Trans. on Signal Processing, Vol. 41, No.5, pp. 1990-1993, May 1993. 

[17] C.-H. Lee and C.-H. Lin, "On the Use of A Family of Signal Limiters for Recognition of Noisy Speech," 

Speech Communication, Vol. 12, No. 4, pp. 383-392, August 1993. 

[18] S. Katagiri and C.-H. Lee, "A New Hybrid Algorithm for Speech Recognition Based on HMM Segmentation 

and Discriminative Classification," IEEE Trans. on Speech and Audio Proc., Vol. 1, No. 4, pp. 421-430, Oct. 

1993. 

[19] C.-H. Lee, J.-L. Gauvain, R. Pieraccini and L. R. Rabiner, "Large Vocabulary Speech Recognition Using 

Subword Units," Speech Communication, Vol. 13, Nos. 3-4, pp. 263-280, Nov. 1993. 

[20] C.-H. Lee, J.-L. Gauvain, R. Pieraccini and L. R. Rabiner, "Subword-Based Large Vocabulary Speech 

Recognition," AT&T Technical Journal, Vol. 72, No. 5, pp. 25-36, Sept./Oct. 1993. 

[21] K.-Y. Su and C.-H. Lee, "Speech Recognition using Weighted HMM and Subspace Projection Approaches," 

IEEE Trans. on Speech and Audio Proc., Vol. 2, No. 1, pp. 69-79, Jan. 1994. 

[22] W. Chou, C.-H. Lee, B.-H. Juang and F. K. Soong, "A Minimum Error Rate Pattern Recognition Approach to 

Speech Recognition," International Journal of Pattern Recognition for Artificial Intelligence (IJPRAI), Vol. 8, 

No. 1, pp. 5-31, Feb. 1994. 

[23] J.-L. Gauvain and C.-H. Lee, "Maximum A Posteriori Estimation for Multivariate Gaussian Mixture 

Observations of Markov Chains," IEEE Trans. on Speech and Audio Proc., Vol. 2, No. 2, pp. 291-298, April 

1994. 

[24] A. Sankar and C.-H. Lee, "Stochastic Matching for Robust Speech Recognition," IEEE Signal Processing 

Letters, Vol. 1, No. 8, pp. 124-125, August 1994. 

[25] C.-H. Lee, "Stochastic Modeling in Spoken Dialogue System Design," Speech Communication, Vol. 15, pp. 

311-322, Nov. 1994. 

[26] C.-S. Liu, C.-H. Lee, W. Chou, A. E. Rosenberg and B.-H. Juang, "A Study on Minimum Error Discriminative 

Training for Speaker Recognition," Jour. Acoust. Soc. Am., Vol. 97, No. 1, pp. 637-648, Jan. 1995. 

[27] C.-H. Lee and L. R. Rabiner, "Directions in Automatic Speech Recognition," NTT Review, Vol. 7, No. 2, pp. 

19-29, March 1995; also in NTT R&D Journal (Japanese), pp. 1069-1080, Vol. 43, No. 10, August 1994. 

[28] Q. Huo, C. Chan and C.-H. Lee, "Bayesian Adaptive Learning of the Parameters of Hidden Markov Model for 

Speech Recognition," IEEE Trans. on Speech and Audio Proc., Vol. 3, No. 5, pp. 334-345, Sept. 1995. 

[29] C.-S. Liu, H.-C. Wang and C.-H. Lee, "Speaker Verification Using Normalized Log-Likelihood Score," IEEE 

Trans. on Speech and Audio Proc., Vol. 4, No. 1, pp. 56-60, Jan. 1996. 

[30] Q. Huo, C. Chan and C.-H. Lee, "On-Line Adaptation of the SCHMM Parameters Based on the Segmental 

Quasi-Bayes Learning for Speech Recognition," IEEE Trans. on  Speech and Audio Proc., Vol. 4, No. 2, pp. 

141-144, March 1996. 

[31] A. Sankar and C.-H. Lee, "A Maximum-Likelihood Approach to Stochastic Matching for Robust Speech 

Recognition," IEEE Trans. on Speech and Audio Proc., Vol. 4, No. 3, pp. 190-202, May 1996. 

[32] C.-H. Lee and B.-H. Juang, "A Survey on Automatic Speech Recognition with an Illustrative Example on 

Continuous Speech Recognition of Mandarin," International Journal of Computational Linguistics and 

Chinese Language Processing, Vol. 1, No. 1, pp. 1-36, August 1996. 
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[33] R. A. Sukkar and C.-H. Lee, "Vocabulary Independent Discriminative Utterance Verification for Non-

Keyword Rejection in Subword Based Speech Recognition," IEEE Trans. on Speech and Audio Proc., Vol. 4, 

No. 6, pp. 420-429, Nov. 1996. 

[34] K. Wang, C.-H. Lee and B.-H. Juang, "Selective Feature Extraction via Signal Decomposition," IEEE Signal 

Processing Letters, Vol. 5, No. 1, pp. 8-11, 1997. 

[35] Q. Huo and C.-H. Lee, "On-line Adaptive Learning of the Continuous Density Hidden Markov Model Based 

on Approximate Recursive Bayes Estimate," IEEE Trans. on Speech and Audio Proc., Vol. 5, No. 2, pp. 161-

172, March 1997. 

[36] M. Rahim and C.-H. Lee, "String-Based Minimum Verification Error (SB-MVE) Training for Speech 

Recognition," Computer, Speech and Language, Vol. 11, No. 2, pp. 147-160, April 1997. 

[37] B.-H. Juang, W. Chou and C.-H. Lee, "Minimum Classification Error Rate Methods for Speech Recognition," 

IEEE Trans. on Speech and Audio Proc., Vol. 5, No. 3, pp. 257-265, May 1997. 

[38] M. Rahim, C.-H. Lee and B.-H. Juang, "Discriminative Utterance Verification for Connected Digit 

Recognition," IEEE Trans. on Speech and Audio Proc., Vol. 5, No. 3, pp. 266-277, May 1997. 

[39] M. Rahim, C.-H. Lee and B.-H. Juang, "Utterance Verification for Robust Connected Digit Recognition," 

Jour. Acous. Soc. Am., Vol. 101, No. 5, pp. 2892-2902, May 1997. 

[40] J.-T. Chien, C.-H. Lee and H.-C. Wang, "A Hybrid Algorithm for Speaker Adaptation Using MAP 

Transformation and Adaptation," IEEE Signal Processing Letters, Vol. 4, No. 6, pp. 167-168, June 1997. 

[41] O. Siohan and C.-H. Lee, "Iterative Noise and Channel Estimation under the Stochastic Matching Algorithm 

Framework," IEEE Signal Processing Letters, Vol. 4, No. 11, pp. 304-306, Nov. 1997. 

[42] R. Sukkar, A. R. Setlur, C.-H. Lee and J. Jacob, "Verifying and Correcting String Hypotheses Using 

Discriminative Utterance Verification," Speech Communication, Vol. 22, pp. 333-342, 1997. 

[43] Q. Huo and C.-H. Lee, "On-line Adaptive Learning of the Correlated Continuous Density Hidden Markov 

Model for Speech Recognition," IEEE Trans. on Speech and Audio Proc., Vol. 6, No. 4, pp. 386-397, July 

1998. 

[44] C.-H. Lee, "On Stochastic Feature and Model Compensation Approaches to Robust Speech Recognition," 

Speech Communication, Vol. 25, pp. 29-47, 1998. 

[45] T. Kawahara, C.-H. Lee and B.-H. Juang, "Key-Phrase Detection and Verification for Flexible Speech 

Understanding," IEEE Trans. on Speech and Audio Proc., Vol. 6, No. 6, pp. 558-568, Nov. 1998. 

[46] S. Katagiri, B.-H. Juang and C.-H. Lee, "Pattern Recognition Using A Generalized Probabilistic Descent 

Method," Proceedings of the IEEE, Vol. 86, No. 11, pp. 2345-2373, Nov. 1998. 

[47] Q. Li, B.-H. Juang, C.-H. Lee, Q. Zhou and F. K. Soong, "On Recent Advancements in Automatic Speaker 

Authentication," IEEE Robotics & Automation Magazine, Vol. 6, No. 1, pp. 24-32, 1999. 

[48] C. Yen, S.-S. Kuo and C.-H. Lee, "Minimum Error Rate Training for PHMM-Based Text Recognition," IEEE 

Trans. on Image Processing, Vol. 8, No. 8, pp. 1120-1124, August 1999. 

[49] A. C. Surendran, C.-H. Lee and M. Rahim, "Non-Linear Compensation for Stochastic Matching,'' IEEE Trans. 

on Speech and Audio Proc., Vol. 7, No. 6, pp. 643-655, Nov. 1999. 

[50] Q. Huo and C.-H. Lee, "A Bayesian Predictive Classification Approach to Robust Speech Recognition," IEEE 

Trans. on Speech and Audio Proc., Vol. 8, No. 2, pp. 200-204, March 2000. 

[51] C.-H. Lee, R. Carpenter, W. Chou, J. Chu-Carroll, W. Reichl, A. Saad, and Q. Zhou, "On Natural Language 

Call Routing," Speech Communication, Vol. 31, pp. 309-320, 2000. 

[52] Q. Li, B.-H. Juang, Q. Zhou and C.-H. Lee, "Automatic Verbal Information Verification for User 

Authentication," IEEE Trans. on Speech and Audio Proc., Vol. 8, No. 5, pp. 585-596, Nov. 2000. 

[53] C.-H. Lee and Q. Huo, "On Adaptive Decision Rules and Decision Parameter Adaptation for Automatic 

Speech Recognition," Proceedings of the IEEE, Vol. 88, No. 8, pp. 1241-1269, August 2000. 

[54] A. C. Surendran and C.-H. Lee, "Transformation Based Bayesian Prediction for Adaptation of HMMs," 

Speech Communication, Vol. 34, Nos. 1-2, pp. 159-174, 2001. 

[55] Q. Huo and C.-H. Lee, "Robust Speech Recognition Based on Adaptive Classification and Decision 

Strategies," Speech Communication, Vol. 34, Nos. 1-2, pp. 175-194, 2001. 

[56] K. Shinoda and C.-H. Lee, "A Structural Bayes Approach  to Speaker Adaptation," IEEE Trans. on Speech 

and Audio Proc., Vol. 9, No. 3, pp. 276-287, March 2001. 

[57] O. Siohan, C. Chesta and C.-H. Lee, "Joint Maximum a Posteriori Adaptation of Transformation and HMM 

Parameters," IEEE Trans. on Speech and Audio Proc., Vol. 9, No. 4, pp. 417-428, May 2001. 

[58] M.-W. Koo, C.-H. Lee and B.-H. Juang, "Speech Recognition and Utterance Verification Based on a 

Generalized Confidence Score," IEEE Trans. on Speech and Audio Proc., Vol. 9, No. 8, pp. 821-832, Nov. 

2001. 
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[59] C.-S. Huang. H.-C. Wang and C.-H. Lee, "An SNR-Incremental Stochastic Matching Algorithm for Noisy 

Speech Recognition," IEEE Trans. on Speech and Audio Proc., Vol. 9, No. 8, pp. 866-873, Nov. 2001. 
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