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Abstract

This paper first proposes the speech recognition algorithm by detection of the speech and noise sections at
each frame, then proposes the reduction algorithm of environmental noise by multi-band filter which removes the
background noises at each frame according to detection of the speech and noise sections. The proposed algorithm
reduces the background noises using filter bank sub-band domain after extracting the features from the speech
data. In this experiment, experimental results of the proposed noise reduction algorithm by the multi-band filter
demonstrate using the speech and noise data, at each frame. Based on measuring the spectral distortion,
experiments confirm that the proposed algorithm is effective for the speech by corrupted the noise.

» Keywords @ Speech recognition  algorithm, noise  reduction  algorithm, multi-band filter,
environmental noise.
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Fig. 1. Speech/non-speech identification system(SNIS).
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Table 2. Frequency range of multi sub—band.

CiS AMlE= Fai ohed HelH7
Bend 1 OH ~ 1k%
Bond 2 1K ~ 2KE
Bend 3 2Kz ~ 3T
Bond 4 3Kz ~ 4K

= = -

Il ®etst stARS At dna|F

B =Rl AR 712 Wgel 712d 8 o
o 2uEFe E555 19 39 etk

Noise
Noisy

Original clean__ Y,
speech

Bandpass filter

BoF1 |k
1~2kHz

Speech BPR2
2-3KkHz
BPrg| ik

Bandpass filter

T2 3 Mo BreEiEeiet delE
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Table 4. The experimental results for each muttiband filter
in the case of white noise.
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Table 5. The experimental results in the case of white
noise.
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data? 1779 1625 1487 1.38
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