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Estimation of Multiple Sound Sources Using Dual Microphone Array )
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Abstract

This paper proposes a new nonnegative matrix factorization (NMF) based direction-of-arrival (DOA) estimation method
for multiple sound sources using a dual microphone array. First of all, sound signals coming from the dual microphone
array are segmented into consecutive analysis frames, and a steered-response power phase transform (SRP-PHAT)
beamformer is applied to each frame so that stereo signals of each frame are represented in a time-direction domain. The
time-direction outputs of SRP-PHAT are stored for a pre-defined number of frames, which is referred to as a
time-direction block. Next, In order to estimate DOAs robust to noise, each time-direction block is normalized along the
time by using a block subtraction technique. After that, an unsupervised NMF method is applied to the normalized
time-direction block in order to cluster the directions of each sound source in a multiple sound source environments. In
particular, the activation and basis matrices are used to estimate the number of sound sources and their DOASs,
respectively. The DOA estimation performance of the proposed method is evaluated by measuring a mean absolute error
(MAE) and the standard deviation of errors between the oracle and estimated DOAs under a three source condition,
where the sources are located in [-35°, 5ml, [12°, 4ml, and [38 >, 4m] from the dual microphone array. It is shown
from the experiment that the proposed method could relatively reduce MAE by 56.83%, compared to a conventional
SRP-PHAT based DOA estimation method.
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Tablel. Mean and standard deviation (°) of DOA estimation
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