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| EMPLOYMENT

Tencent AI Lab

Principal Researcher ¢ Bellevue, WA Sep 2016 — Present

* Lead research and engineering on front-end speech and audio projects

* Far field speech processing and enhancement system supporting various types of microphone arrays

* Data driven R&D for single-channel & multi-channel speech enhancement, separation, echo
suppression, dereverberation, voice activity detection and localization

* Joint training & optimization of front-end speech enhancement and speech/speaker recognition

* Acoustic scene detection and audio classification

* Audio-visual speech enhancement/separation, and 3D spatial audio generation

* Non-intrusive audio quality, neural speech coding

Audience Inc.

Staff Algorithm Engineer ¢ Mountain View, CA Mar 2013 - Aug 2016
* R&D for voice processing and enhancement in various acoustic environments

* Data driven algorithms for voice processing

*  Multi-channel acoustic echo cancellation and noise suppression algorithms

* Target speech enhancement for automatic speech recognition assist

Cisco Systems Inc.

Software Engineer « Milpitas, CA Jun 2012 - Mar 2013
* Noise and reverberation robustness for speaker segmentation and recognition

| EDUCATION:

University of California, Irvine * Irvine, CA Sep 2007 - Jun 2012
Ph.D. in Applied Mathematics
Thesis: Multi-channel speech enhancement --- by regularized optimization
Advisor: Jack Xin

Peking University » Beijing China Sep 2003 - Jun 2007
B.S. in Applied Mathematics

| SKILLS

*  Programming languages: C, C++, Java, Python, Matlab
* Language: Chinese (native), English (fluent)

| ACADEMIC REVIEW

* IEEE Transactions on Speech Audio and Language Processing
* IEEE Transactions on Signal Processing

* EURASIP Journal on Audio, Speech, and Music Processing

* Speech Communication

* Journal of Computer Science and Technology

* Communications in Mathematical Sciences



Mathematical Reviews

ACM Multimedia

International Speech Communication Association (Interspeech)

IEEE workshop on application of signal processing to audio and acoustics
IEEE Digital Signal Processing Workshop
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