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Algorithm for fuzzy denoising of speech signal

JIANG Zhan-cai', SUN Yan’
(1. Physics Department of Qinghai Normal University, Xining 810008, China;
2. Computer Department of Qinghai University for Nationalities, Xining 810007, China)
Abstract: Aiming at additive colored noise, this paper presents a new fuzzy denoising algorithm of speech signal based
on the principle of fuzzy inference in fuzzy mathematics. A fuzzy denoising system of speech signal Auto Neural
Fuzzy Inference System (ANFIS) is set up and trained with MATLAB. Colored noise can be successfully removed by
using subtraction in the original speech signal, and a fuzzy estimation of colored noise in the speech signal which con-

tains noises can be made for extracting clean speech signal. An emulation experiment on the algorithm for different
signal to noise ratio has been done, and the results show that the system can extract clean speech signal from the simu-
lated colored noise at -17 dB of signal to noise ratio. This proves that the algorithm is very effective.
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Fig.1 Principle diagram of fuzzy denoising algorithm of speech signal
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Fig.2 The structure of ANFIS
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Fig.3 Signal waveforms from the denoising experiment of 0dB SNR
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Fig.4 Signal spectrums from the denoising experiment of 0dB SNR

X (.5
=8
i

05 ‘ ‘ ‘ ‘ ‘ ‘ ‘
0 2000 4000 6000 8000 10000 12000 14000
AR

() W

J&

=

JH—L

0.5

=
'

2 0
|
m -0.5 ‘ ‘ ‘ ‘ ‘ ‘ ‘
0 2000 4000 6000 8000 10000 12000 14000
KA
(b) it

#0.04
T WWWWMMWMWM
|

o 0 500 1000 15002000 2500 3000 3500 4000
A% /Hz
(c) MEAT = A%

0.04
ﬁO'OZLLJUJW
| 0 B

= 0 500 1000 15002000 2500 3000 3500 4000
A% /Hz
(d) 57 5 0550
Bl 5 -OdB I i e S i T A At il ]
Fig.5 Signal waveforms and spectrums from the denoising
experiment of -9dB SNR
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