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<Abstract>

Noise Reduction Using MMSE Estimator-based
Adaptive Comb Filtering

Jeong-Sik Park, Yung-Hwan Oh

This paper describes a speech enhancement scheme that leads to significant
improvements in recognition performance when used in the ASR front-end. The proposed
approach is based on adaptive comb filtering and an MMSE-related parameter estimator.
While adaptive comb filtering reduces noise components remarkably, it is rarely effective
in reducing non-stationary noises. Furthermore, due to the uniformly distributed frequency
response of the comb-filter, it can cause serious distortion to clean speech signals. This
paper proposes an improved comb-filter that adjusts its spectral magnitude to the original
speech, based on the speech absence probability and the gain modification function. In
addition, we introduce the modified comb filtering-based speech enhancement scheme for
ASR in mobile environments. Evaluation experiments carried out using the Aurora 2
database demonstrate that the proposed method outperforms conventional adaptive comb
filtering techniques in both clean and noisy environments.

* Keywords: Robust speech recognition, Adaptive comb filtering, Gain modification function,
Mobile communication environment.
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WER
Data Set Set A Set B Set C Avg .
Reduction
original 38.76 44.35 33.23 38.78 -
CCF 36.42 41.76 32.36 36.85 4.98
MCF 35.22 39.29 31.25 35.25 9.09

<3 2> “decoded” S4F 71EY EH F ALE e 93]
AHelg &4 3 WER(%)

WER
Data Set Set A Set B Set C Avg .
Reduction
decoded 36.75 42.46 32.76 37.32 -
CCF 35.02 38.32 31.46 34.93 6.40
MCF 33.88 35.03 29.77 32.89 11.87
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<X 3> AP 374 2 =& SNRAAE A% Bl (WER) (%)

WER
SNR(dB) clean 20 dB 15 dB Avg Reduction
decoded 1.68 4.83 17.07 7.86 -
CCF 4.05 6.06 13.94 8.02 ; -2.04
MCF 2.21 5.25 11.00 6.15 21.76
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