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Abstract: Compressed sensing-orthogonal matching pursuit ( CS-OMP) algorithm is to transform the
sound source localization problem into a signal sparse reconstruction problem which can obtain higher
positioning performance than the traditional positioning algorithm. However the CS-OMP algorithm does
not consider the correlation of multiple signals in positioning. The distributed compressed sensing ( DCS)

theory is introduced into the sound source localization of microphone array. Considering the common spar—
sity between the signals the distributed compressed sensing-simultaneous orthogonal matching pursuit
( DCS-SOMP) algorithm is used to reconstructure the signals for constructing a sparse position and posi—
tioning the sound source. Simulated and experimental results show that the DCS-SOMP algorithm has bet—
ter positioning performance and robustness in low SNR environment compared with the traditional positio—
ning algorithm and CS-OMP algorithm.
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