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Abstract:

Distant speech recognition system, in which a single or an array of microphone is utilized to capture
the user’s utterance as opposed to the user-attached microphone, is greatly affected by the presence of
background noise and reverberation. Many researches have been conducted on developing an array
processing method to improve the quality of the captured speech signals. Most of these methods are
optimized to obtain the clean target speech, as measured by signal-to noise ratio or human perception.
However, speech recognition system works as a statistical pattern classifier of features extracted from
the speech waveform. Therefore, array front-end processing can only be expected to increase the
recognition accuracy if it maximizes the likelihood of the correct hypothesis.

In this study, I propose array processing techniques based on blind source separation to suppress the
background noise and late reverberation, optimized to maximize the likelihood to the acoustic model
of speech recognizer. The first method utilizes frequency-domain blind signal extraction (BSE),
which is an alternative to the conventional blind source separation specifically designed for the case of
speech in the presence of diffuse noise, combined with two stages of multichannel Wiener filter. 1
extend this method by integrating information from the image sensor to achieve optimum
performance regardless the interference level. In the second method, I combine BSE with
multichannel generalized minimum mean-square error estimator of short time spectral amplitude
(MMSE-STSA), which can provide less distortion to the output signal owing to the use of speech
spectral amplitude statistical model assumption and decision-directed signal-to-noise ratio estimation
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