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Abstract: For the sound source localization array with digital MEMS microphone as the acoustic
sensor,the circuit design of the front-end microphone array and the development of the data acqui-
sition system with FPGA as the core are completed, and the down-sampling processing of the
pulse density modulation signal output by the microphone is completed. Aiming at the problem
that the traditional generalized cross-correlation algorithm has a large time delay estimation error
under low signal-to-noise ratio, a method to improve the PHAT weighting function is proposed.
Under the same conditions, the generalized cross-correlation algorithm based on different weigh-
ting functions is verified by MATLAB simulation. The experimental results show that compared
with the traditional generalized cross-correlation algorithm, this method has smaller time delay es-
timation error and stronger anti-noise performance under low signal-to-noise ratio conditions.
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