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Application of dual-mini microphone array speech enhancement
algorithm 1in speaker recognition

MAO Wei, ZENG Qing-ning, LONG Chao
(School of Information and Communication, Guilin University of Electronic Technology, Guilin 541004, Guangxi, China)

Abstract: Aiming at the problem of lowering recognition performance in noisy speech environment, a dual-mini mi-
crophone array speech enhancement algorithm is proposed for the front-end processing of recognition system. The
speech enhancement algorithm based on Coherent Filter and MVDR-wiener is presented. First, the dual-mini micro-
phone array signals are collected to derive the coherence function between adjacent channels and to carry out the initial
noise suppression by using the coherence between elements. Then, the information of target speech is processed by the
broad-band MVDR algorithm to keep the signal in the desired sound source direction and suppress the interference
signals in other directions. The improved Wiener filter which can get better voice quality by removing residual noise is
utilized to process the enhanced signal. Finally, a speaker recognition system using Mel frequency cepstral coefficients
(MFCC) and GFCC for feature extraction is used to recognize the enhanced speech. Binaural data are acquired with
acoustic artificial head in simulations, the experimental results show that the speech enhancement algorithm can obtain
better enhanced effect in noisy environment and effectively improve the recognition rate.

Key words: dual-mini array; speech enhancement; coherence filtering; minimum variance distortionless response;
modified Wiener filter; speaker recognition
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Fig.1 Simple structure of dual-mini microphone array
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Fig.5 The flow chart of the speaker recognition system
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