|

) <

The University of Osaka
Institutional Knowledge Archive

Title Single Channel Noise Suppression Based on Speech
and Noise Spectral Models

Author(s) |Thanhikam, Weerawut

Citation |KFRKZ, 2012, HEHwX

Version Type|VoR

URL https://hdl. handle.net/11094/27505

rights

Note

The University of Osaka Institutional Knowledge Archive : OUKA

https://ir. library. osaka-u. ac. jp/

The University of Osaka



—LSY—

[39]

3 % THANFIKAM WEERAWOT
MEOERSBOLK @ L (T2%)

o ® K B % 25687 &
TR ES AR Tk 24 4 9 H 25 H
fz 42 5 o = A ARG 4 555 1 R

w
L THARIIER S AT DAl

&

ST VA S 4 Single Channel Noise Suppression Based on Speech and Noise
Spectral Models
BELE/ARDARY MLVETIVIZEICE—F vy RIL/ 4 XRE)
o O%F A &£ B (FEH
o R T
(RIlr)

oo oWn ML #oBROKE iz

WX RBE 0EE

The purpose of this research is to achieve single channel noise suppression based on
speech and noise spectral models. This thesis consists of two main parts. The first
part describes stationary noise suppression and the second part describes impulsive
noise suppression

First, a stationary noise suppression algorithm using Maximum a Posteriori (MAP)
estimation with a speech spectral amplitude probability density function (speech PDF)
is investigated. An estimated speech spectrum is given as a MAP solution which is
obtained from the speech PDF. A useful speech PDF has been established and is entirely
characterized by two shape parameters. Speech can be efficiently extracted when these
parameters are properly applied. However, the speech property should be considered as
a time-variant function. In this case, the fixed speech PDF cannot track the property
change. In this research, under the assumption that the speech PDF changes according
to signal to noise ratio (SNR), the author proposes adaptive shape parameters which
are derived from real-speech PDFs in various narrow SNR intervals. The proposed adaptive
shape parameters can track the change of the speech property, and give an appropriate
MAP solution which is identical to the estimated speech spectrum. The effectiveness
of the proposed method was examined and compared to conventional algorithms. The
simulation results showed that the proposed method improved segmental SNR around 6 and
9 dB when the input speech signal was corrupted by white and tunnel noise signals at
input SNR of 0 dB, respectively

Second, an impulsive noise suppression method is investigated. This method
utilizes a zero phase (ZP) signal which is defined as the IDFT of a spectral amplitude
In the impulsive noise suppression research, we assume that a speech signal has
periodicity in a short observation, i.e., its spectral amplitude has values at equally
spaced frequencies. In this case, the corresponding ZP signal becomes also periodic

This assumption is especially appropriate for a voiced speech which is mainly arisen
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in speech signals. On the other hand, we assume that a noise spectral amplitude is
approximately flat. In this case, its ZP signal takes nonzero values only around the
origin. Actually, many impulsive noise signals have such property. Under these
assumptions, the ZP signal of a speech signal embedded in impulsive noise in an analysis
frame becomes a periodic signal except around the origin. Hence, replacing the ZP signal
around the origin with the ZP signal in the second or latter period, we get an estimated
speech ZP signal. Taking DFT of it gives the estimated speech spectral amplitude. The
IDFT of the estimated speech spectral amplitude with the observed spectral phase
provides the estimated speech signal in time domain. The major advantage of this method
is that it can suppress impulsive noise without a prior estimation of the noise spectral
amplitude, while the a prior estimation of the noise is indispensable in most stationary
noise suppression methods. Moreover, it is shown that the proposed impulsive noise
suppressor can also be available to suppress stationary wide-band noise. Simulation
results showed that the proposed noise suppressor improved the SNR more than 5dB for

stationary tunnel noise and 13dB for impulsive clap noise in a low SNR environment.
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