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ABSTRACT

This paper proposes a noise reduction algorithm using Wiener filter to remove the noise components from the noisy speech in
order to improve the speech signal. The proposed algorithm first removes the noise spectrums of white noise from the noisy signal

based on the noise reshaping and reduction method at each fr:

ame. And this algorithm enhances the speech signal using Wiener

filter based on linear predictive coding analysis. In this experiment, experimental results of the proposed algorithm demonstrate using

the speech and noise data by Japanese male speaker. Based on
that the proposed algorithm is effective for the speech by

measuring the spectral distortion (SD) measure, experiments confirm
contaminated white noise. From the experiments, the maximum

improvement in the output SD values was 4.94 dB better for white noise compared with former Wiener filter.
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Fig. 1 Block diagram of conventional Wiener filter
method
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Table 1. The SD comparison for the conventional method

using white noise (Input SD = 20.10 dB, 18.01 dB).

Input Output SD [dB] Impr. SD[dB]
Data

SDIoB] | Pre-Wiener | Prop. | Impri | Impr2
Jmi 20.10 15.98 10.15 9.95 412
JM2 18.01 14.79 985 8.16 494
E 2 GMTSS AZE H2el J|E widlel D

. -

I (Input SD = 20.77 dB, 18.76 dB)
Table 2. The SD comparison for the conventional method
using white noise (Input SD = 20.77 dB, 18.76 dB).

MsH

Input Output SD [dB] Impr. SD[dB]
Data
SDloB] | Pre-Wiener | Prop. | Impr1 | Impr2
JM1 20.77 16.07 11.46 9.31 461
JM2 18.76 1497 11.14 762 383
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