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Introduction
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The basic principles of LMS algorithm
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Fig.1 Block diagram of adaptive filter

FRECn M1 R E R IR P IR, — HBA RS N Ik
MBI AR B R w(n) =[w,(n),w,(n),-w,
(n) J. Ho w b K SH 7500 1

0<p<2/ A (3)
A N X () B AH DK P 1 F KRR A, e F258 0 A0 8K
HEE AR R 2.

2 ANEri#igsh

The masking properties of human auditory system
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Simulation and analysis
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Fig.2  Original input and speech signal mixed with noise
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Fig.3 Speech enhancement comparison

between LMS & MPLMS
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Table 1 ~ The output-SNR comparison between LMS & MPLMS
on the condition of different input-SNR
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Fig.4 Convergence curve comparison of two

speech enhancement algorithms
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Concluding remarks
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Modified adaptive speech enhancement based on
masking properties of human auditory system
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Abstract

is proposed , which could reduce noise and distortion effectively. According to the auditory masking properties, this

Based on the analysis of classical adaptive filtering algorithm , an effective speech enhancement algorithm

algorithm uses masking thresholds of the key frequency segments as dynamic coefficients, to further improve the
effect of speech enhancement and estimate error function dynamically. Signals with different SNR are input to simu-
late this proposed algrithm on Matlab. The high SNR and low residual noise of the output signals show that the alg-
rithm is better than traditional filtering algrithms.
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