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Abstract

The topic is to develop a user interface of speech enhancement in this study. This system

includes of typical and based-on machine learning algorithm and provides a convenient and

user-friendly interface. User can obtain waveform and spectrogram of enhancement speech
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and play and restore the enhancement speech in this interface. TMHINT database with car
noise or baby crying is used to test this noise reduction system. The results show that typical
methods are only capable to reduce car noise, but the methods based-on machine learning
could reduce both of these two noise.
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-5dB 0dB 5dB
Wiener Filter 1.55 1.65 2.29.
KLT 1.74 1.83 2.60
MMSE 1.95 2.19 243
GMAPA 1.88 2.15 2.44
NMF 1.91 2.18 2.52
DDAE 2.18 2.41 2.67
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Wiener Filter 1.45 1.55 1.59.
KLT 1.47 1.50 1.59
MMSE 1.47 1.49 1.49
GMAPA 1.46 1.49 1.52
NMF 1.99 2.11 2.57
DDAE 2.05 2.29 2.62
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