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Fig. 3 Microphone array speech and noise location
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Small Microphone Array Speech Enhancement in Multiple Noise Environments

XTAO Qiang,ZENG Qing-ning, WANG Yao,ZHENG Zhan-heng
(' Guilin University of Electronic Technology,Key Laboratory of Cognitive Radio and Information

Processing of Ministry of Education, Guilin 541004 , China)

[ Abstract] Aiming at limited the suppressing the noise under the circumstance of non-stationary and noise, the
speech enhancement algorithm based on coherent filtering of the minimum tracking noise power spectrum estimation
and generalized sidelobe canceller is proposed. The method uses the coherent filtering of the minimum tracking
noise power spectrum to suppress the weak correlation noise, and then combines the generalized sidelobe canceller
and the voice activity detection to suppress the strong correlation noise. The experimental results show that this
method can effectively suppress the influence of noise and improve the intelligibility of speech.

[ Key words] coherent filtering generalized sidelobe canceller microphone small array



