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Fig. 3 The normalized transmission response of the room
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A Microphone-array De-reverberation Method

Using Sidelobe Enhancement

LI Jianwen' ,ZHANG Yudong', TONG Feng'* , HONG Qingyang®

(1.Key Laboratory of Underwater Acoustic Communication and Marine Information Technology Ministry of Education,

College of Ocean and Earth Sciences, Xiamen University, Xiamen 361102 ,China;2.School

of Information Science and Engineering, Xiamen University, Xiamen 361005, China)

Abstract : In many practical applications such as audio/video conferences, man-machine interfaces,speech recognitions, the reverber-

ation leads to significant degradation of microphone array speech processing. However, while the conventional de-reverberation meth-

ods,such as inverse-filtering method. need to obtain accurate room transmission responses, the classic beam-forming method only

yields limited performance.Based on the Generalized Sidelobe Canceller (GSC) structure, this paper proposes a novel microphone-ar-

ray de-reverberation method to achieve sidelobe exploitation.First, we use the contemporary beam-forming method to initially obtain

the direct speech signals. Then we adopt the adaptive iterative algorithm to explore reverberation components in sidelobes for further

enhancements.Finally, the error of the sidelobe enhancement is adopted as the reference noise of adaptive noise cancellation to achieve

the de-reverberation. Experimental results show that the proposed method effectively improves the quality of speech signal under the

reverberation environment.
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