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Abstract It is very important for a hands-free speech interface to capture distant talking speech with high quality.
A microphone array is an ideal candidate as an effective method for capturing distant talking speech. However,
it is necessary to localize the target talker before capturing distant talking speech using a microphone array. In
the conventional method of talker localization, it is difficult to estimate the target talker position accurately among
localized sound sources, while the sound sources can be easily localized in a multiple sound source environment.
To cope with this problem, we propose a talker localization algorithm by discriminating the sound sources using
statistical speech and noise models based on HMMs (Hidden Marcov Models). First, the directions of signal arrival
are estimated using a microphone array. Then, the desired sound signals are enhanced by steering the directivities to
the estimated directions of signal arrival. The talker can be localized after discriminating between “speech” or “noise”
from the desired sound signals using statistical speech and noise HMMs. In this paper, we evaluate the discrimination
performance for the source position-known condition and position-unknown condition. The system recognizes the
input from a sound source which is discriminated as being “speech” using statistical speech and noise HMMs. As
a result, we confirm that the talker position is localized accurately because speech and noise can be discriminated
efficiently in reverberant environments.
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