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2011 Short Course on Digital Speech Processing and Applications

http://sim.iis.sinica.edu.tw/speech_ss2011/ss2011.html
June 28 (TUE) and June 30 (THU), 2011
Institute of Information Science, Academia Sinica, Taipei

Prof. Chin-Hui Lee

School of ECE, Georgia Tech
Atlanta, GA 30332-0250, USA
chl@ece.gatech.edu

Course Description:

Speech is the most natural means of communication among humans. It also plays a
critical role in enhancing human-machine communication. In this course, we attempt
to cover all fundamental aspects of digital speech processing, including both
theoretical and practical topics, starting with the acoustics of speech sounds, followed
by speech analysis and parameter extraction, speech modeling, theory of linear
prediction and hidden Markov models. Finally speech applications, including speech
coding, synthesis, recognition and verification, will also be introduced. The linkage to
acoustics and language processing will also be discussed, including topics on language
modeling and microphone arrays. MATLAB demos will be used in class for
illustration. Some homework exercises will also be provided for after-class learning.

Course Outline:
= Speech Communications and Acoustics of Speech Sounds (2.5 hour)
= Digital Speech Processing: Time and Frequency Domains (2.5 hours)
= Modeling of Speech: Linear Prediction and Speech Parametrization (2.5 hours)
= Speech Applications: Coding, Synthesis, Recognition and Verification (2.5 hours)

Intended Audience:

This short course is intended for researchers, engineers and professionals who are
starting speech-related work and interested in more basic knowledge in digital speech
processing, or those who are already involved in speech technology development and
would like to learn more fundamentals. The course is designed with a broad coverage
of all areas related to digital speech processing with linkages to language and
acoustics.

Textbook:
(1) L. R. Rabiner and R. W. Schafer, Theory and Applications of Digital Speech
Processing, Prentice Hall, 2010.

Supplement:
(2) C. Manning & |. Shutze, Foundations of Statistical Natural Language
Processing, MIT Press, 1999.

Readings:
(3) C. Cherry, On Human Communications, MIT Press, 1968.
(4) D. G. Stork (ed.), HAL's Legacy, MIT Press, 1997.

Speech tool:
Download wavesurfer from: http://www.speech.kth.se/wavesurfer/download.html
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14:00~15:30 Deep Learning: An Overview

Abstract:

Today, signal processing research has a significantly widened scope compared with just a few
years ago, and machine learning has been an important technical area of the IEEE signal
processing society. Since 2006, deep learning-a new area of machine learning research-has
emerged, impacting a wide range of signal and information processing work within the
traditional and the new, widened scopes. Various workshops, such as the 2011 ICML
Workshop on Learning Architectures, Representations, and Optimization for Speech and
Visual Information Processing, the 2009 ICML Workshop on Learning Feature Hierarchies,
the 2008 NIPS Deep Learning Workshop, the 2009 NIPS Workshop on Deep Learning for
Speech Recognition and Related Applications, as well as an upcoming special issue on Deep
Learning for Speech and Language Processing in IEEE Transactions on Audio, Speech, and
Language Processing (2011) have been devoted exclusively to deep learning and its
applications to various classical signal processing areas. We have also seen the government
sponsor research on deep learning (e.g., the DARPA deep learning program).

The purpose of this tutorial is to introduce the readers to the emerging technologies enabled
by deep learning and to review the research work conducted in this area since the birth of deep
learning in 2006 that is of direct relevance to signal processing. Future research directions will
be discussed that may attract interests of and require efforts from more signal processing
researchers, students, and practitioners in this emerging area for advancing signal and
information processing technology and applications.

15:30~17:00 Feature-Domain, Model-Domain, and Hybrid
Approaches to Noise-Robust Speech Recognition

Abstract:

Noise robustness has long been an active area of research that captures significant interest
from speech recognition researchers and developers. In this lecture, we use the Bayesian
framework as a common thread to connect, analyze, and categorize a number of popular
approaches to noise robust speech recognition pursued in the recent past. The topics covered in
this lecture include: 1) Bayesian decision rules with unreliable features and unreliable model
parameters; 2) Principled ways of computing feature uncertainty using structured speech
distortion models; 3) Use of phase factor in an advanced speech distortion model for feature
compensation; 4) A novel perspective on model compensation as a special implementation of
the general Bayesian predictive classification rule capitalizing on model parameter uncertainty;
5) Taxonomy of noise compensation techniques using two distinct axes: feature vs. model
domain and structured vs. unstructured transformation; and 6) Noise adaptive training as a
hybrid feature-model compensation framework and its various forms of extension.



Li Deng received the Bachelor degree from the University of
Science and Technology of China (with the Guo Mo-Ruo
Award), and received the Ph.D. degree from the University of
Wisconsin-Madison (with the Jerzy E. Rose Award). He joined
Dept. Electrical and Computer Engineering, University of
Waterloo, Ontario, Canada in 1989 as an Assistant Professor,

where he became a Full Professor with tenure in 1996. From
1992 to 1993, he conducted sabbatical research at Laboratory for Computer Science,
Massachusetts Institute of Technology, Cambridge, Mass, and from 1997-1998, at ATR
Interpreting Telecommunications Research Laboratories, Kyoto, Japan. In 1999, he
joined Microsoft Research, Redmond, WA as a Senior Researcher, where he is
currently a Principal Researcher. Since 2000, he has also been an Affiliate Professor in
the Department of Electrical Engineering at University of Washington, Seattle,
teaching the graduate course of Computer Speech Processing. His current (and past)
research activities include automatic speech and speaker recognition, spoken language
identification and understanding, speech-to-speech translation, machine translation,
language modeling, statistical methods and machine learning, neural information
processing, deep-structured learning, machine intelligence, audio and acoustic signal
processing, statistical signal processing and digital communication, human speech
production and perception, acoustic phonetics, auditory speech processing, auditory
physiology and modeling, noise robust speech processing, speech synthesis and
enhancement, multimedia signal processing, and multimodal human-computer
interaction. In these areas, he has published over 300 refereed papers in leading
journals and conferences, 3 books, 15 book chapters, and has given keynotes, tutorials,
and lectures worldwide. He is elected by ISCA (International Speech Communication
Association) as its Distinguished Lecturer 2010-2011. He has been granted over 40 US
or international patents in acoustics/audio, speech/language technology, and other
fields of signal processing. He received awards/honors bestowed by IEEE, ISCA, ASA,
Microsoft, and other organizations.

He is a Fellow of the Acoustical Society of America, and a Fellow of the IEEE.
He serves on the Board of Governors of the IEEE Signal Processing Society
(2008-2010), and as Editor-in-Chief for the IEEE Signal Processing Magazine
(2009-2011), which ranks consistently among the top journals with the highest citation
impact. According to the Thomson Reuters Journal Citation Report, released June
2010, the SPM has ranked first among all IEEE publications (125 in total) and among
all publications within the Electrical and Electronics Engineering Category (245 in
total) in terms of its impact factor.



CALL FOR PAPERS

2011 International Conference on Speech Database and Assessments (Oriental COCOSDA 2011)
October 26-28, 2011 — National Chiao Tung University, Hsinchu, Taiwan

http://ococosda2011.cm.nctu.edu.tw

Conference Chair
Hsiao-Chuan Wang
National Tsing Hua University,
Taiwan

Conference Co-Chairs
Sin-Horng Chen
National Chiao Tung University,
Taiwan
Chiu-yu Tseng
Academia Sinica, Taiwan

Conference Secretay

Yih-Ru Wang

National Chiao Tung University,
Taiwan

International Advisory Committee
Shyam S. Agrawal
KIIT, Gurgaon & CDAC, Noida,
India
Jai Raj Awasthi
Tribhuvan University, Nepal
Nick Campbell
Trinity College Dublin, Ireland
Pak-Chung Ching
Chinese University of Hong Kong,
Hong Kong
Hiroya Fujisaki
Tokyo University, Japan
Dafydd Gibbon
Bielefeld University, German
Shuichi Itahashi
NII/AIST, Japan
Lin-Shan Lee
National Taiwan University, Taiwan
Yong Ju Lee
Wonkwang University, Korea
Aijun Li
Chinese Academy of Sciences,
China
Haizhou Li
Institute  of
Singapore
Luong Chi Mai
The Vietnamese
Sciences, Vietnam
Joseph Mariani
LIMSI-CNRS, France
Satoshi Nakamura
NICT, Japan
Hammam Riza
BPPT, Indonesia
Yoshinori Sagisaka
Waseda University, Japan
Chai Wutiwiwatchai
NECTEC, Thailand
Thomas Fang Zheng
Tsinghua University, China

Infocom  Research,

Academy  of

Technical Program Committee
Co-chairs

Hsin-Min Wang

Academia Sinica, Taiwan

Tan Lee

Chinese University of Hong Kong,
Hong Kong

Publication Chair
Jui-Feng Yeh
National Chiayi University, Taiwan

The oriental chapter of COCOSDA (The International Committee for the
Co-ordination and Standardization of Speech Databases and Assessment
Techniques) is pleased to announce that the 14th  Oriental
COCOSDA Conference will be held on Oct. 26-28, in Hsinchu, Taiwan
hosted by the National Chiao Tung University, Taiwan. Oriental COCOSDA
is an international conference held annually by the oriental chapter of
COCOSDA. The first preparatory meeting was held in Hong Kong in 1997
and then the past thirteen workshops were held in Japan, Taiwan, China,
Korea, Thailand, Singapore, India, Indonesia, Malaysia, Vietnam, Japan,
China and Nepal.

Oriental COCOSDA conference in Taiwan will help in boosting the
research and development in the field of Speech Technology and will help in
enthusing the interest towards Speech Technology in East and Southeast
Asia.

Papers are invited on substantial, original and unpublished research on all
aspects of speech databases, assessments and speech 1/O, including, but not
limited to:

Topics

» Speech databases and text corpora

* Assessment of speech input and output technologies
* Phonetic/phonological systems for Oriental languages
* Romanization of Non-Roman Characters

* Segmentation and labeling

* Speech Prosody and Labeling

» Speech processing models and systems

* Multilingual speech corpora

* Special topics on speech databases and assessments
» Standardization

* Any other relevant topics

Official Language & Publication

* The official language of O-COCOSDAZ2011 is English.

* The proceedings of O-COCOSDA?2011 will consist of two volumes.

* The papers accepted for oral presentation will be published in a volume
that will be included in IEEE Xplore and indexed by Ei Compendex.

e The papers accepted for poster presentation will be published in a
companion volume.

Important Dates

Full Paper Submission July, 1, 2011
Notification of acceptance of paper Aug. 5, 2011
Final Manuscript Aug. 26, 2011
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