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Introduction
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System model and algorithm
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Fig.1 Three-dimensional sound localization model
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Simulation analysis
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Hardware implementation
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Fig.3 Hardware positioning system
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Concluding remarks
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3-D sound localization based on four microphone array
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Abstract This paper designs a 3-D localization system, and optimizes the traditional. Time difference of arrival
(TDOA) algorithm through examination of the signal time differences, this proposed model loacalize the sound
source with the help of known arry elements’ position. The sound collection part of the the system is a regular tetra-
hedron of four microphone array ,and the hardware implementation is completed by the TMS320C5416DSP chip. The
overall system can realize the sound localization function.
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