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Implementation of a Real-time Matched Filter Microphone Array
System for Speech Enhancement

Seung-Soo Oh* - Ki-Man Kim*

Abstract

We have studied the speech enhancement method in fhe case of using hands free
communication system in noisy environments as automobile. Matched filter
microphone array for sound capture in reverberant rooms has been studied.
However, the problems of the matched filter array are the system delay and heavy
computational loads. This paper presents effective matched filter array method in

environments. Simulations and real~-time experimental results are included.
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