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Professional Expertise

His professional expertise encompasses speech and human audio information processing, digital
signal processing, approximation and interpolation theory. He and his group have developed
researches from engineering, psychological and physiological points of view. Signal processing
technologies for audio, visual and biosignals are major topics in his laboratory. Psychological
characteristics measurements are also main topics for developing useful assistive technology.

Research Fields of Interest

Speech and human audio

*  Speech quality measurement and improvement, Speech analysis-synthesis system, Speech,
speaker and emotion recognitions, Sound source segregation and integration, Auditory model,
Psychoacoustics, Psychological and physical effect of hearing task on listeners, Mutual
influence of visual and audio information, Information hiding for sound signals, Sound data
compression

Digital signal processing

*  Filter design, Sound source separation

Signal representation and analysis

®  Spline functions, Natural observation theory

Education

1994: Doctor. Eng., University of Tsukuba
1991: Master Eng., University of Tsukuba
1989: Bachelor Eng., University of Tsukuba

Professional Societies and Activities

1. 1IEEE

2. The Institute of Electronics, Information and Communication Engineers (IEICE)
3. The Acoustical Society Japan (ASJ)

4. The Japanese Society for Wellbeing Science and Assistive Technology (JSWSAT)
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