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Real-time Speech Signal Purification System Design for

Desktop Environment

Student Edison Kang Advisor Prof. Jwu-Sheng Hu

Institute of Electrical and Control Engineering

ABSTRACT

The objective of the thesis is'to subpress.the interference sources of the desktop
environment like loudspeaker, echo, and environmental noise by using adaptive
microphone array. The implementation also requires a real-time input and output of
signals. A flexible real-time array=processing platform of 8 sensors using USB 1.1
interface is proposed and implemented. Using this platform, an adaptive spatial filter is
also implemented.

The thesis is divided into three parts. The first part is an introduction of the
microphone array beamforming algorithm and adaptive filter used. The second part is
the platform implementation. The third part is implementation of the adaptive
microphone array algorithm on the platform and discussions of the experimental

results.
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4.1 FIR
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NLSM Algorithm
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Microphone | Order Signal Noise SNR Improve
Number (dB) (dB) (dB) SNR (dB)
1 1 -18.8012 | -30.2613 | 11.4601 0
8 10 -20.9207 | -40.4597 | 19.5390 | 8.0790
4 10 -20.6620 | -38.8524 | 18.1903 | 6.7303
2 10 -21.6847 | -38.4107 | 16.7260 | 5.2659
8 5 -21.7027 | -37.9313 | 16.2286 | 4.7685
4 5 -21.4106 | -37.4978 | 16.0872 | 4.6272
2 5 -21.8621 | -37.8480 | 15.9859 | 4.5258
8 1 -23.0120 | -39.5797 | 16.5676 | 5.1076
4 1 -23.6932 | -38.0371 | 14.3438 | 2.8838
2 1 -26.5263 | -38.5457 | 12.0194 | 0.5593

2.
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