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Abstract
This thesis proposes the use of equalizers and sub-array beamformers for speech e{th?ege:zt?o
reduce echoes and interferences in room enclosure, such as conference rooms or classrooms. The
method is based on a microphone array processing technique. It consists.of sub-array division,
direction of arrival (DOA) estimation, inverse filtering and beamforming. Sub-array technique
divides a broadband signal into a spectral series of narrowband signals. The inverse filters are uses
for equalizing the reverberant characteristics. It is obtained by the minimum-phase component and
all-pass component of the room impulse response. The DOA is estimated by Capon’s method. The
estimated DOA of the desired signal is crucial to the accuracy of the subarray beamformer which is
outperform the well-known MiJSIC algorithm. The optimal beamformer has an ability to remove
the interference signal. Simulation results are given to illustrate the efficiency of the proposed
method in comparison to using only (1) delay;and-sum beamforming and (2) the optimal
beamforming without microphone subarray and inverse filter. The equalizer and sub-array
beamformer achieve a good performance in that the quality of captured sound is higher than those

two methods.
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