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� � � � � � � � � continuous 

Mandarin syllable recognition noisy 

speech segmentation, , noise 

compensation, bias compensation)�

The goal of the project is to 

develop a prototype system of speaker 

independent, continuous Mandarin 

telephone speech recognition system for 

information inquiry applications. Several 

robust speech recognition methods are 

discussed in this report. They include 

noisy speech segmentation, noise 

compensation, speaker/channel bias 

compensation, likelihood compensation, 

and robust training. 
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Sampling 

frequency 

 8kHz 

Frame shift  10ms 

Frame length  30ms (Hamming window) 

Feature 

parameters 

 12-order mel-cepstrum 

 + 12-order ∆mel-cepstrum 

 + ∆log energy 
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 Baseline SBR 

MAT2 75.3 79.1 

MAT3,4 34.9 41.0 

MAT5 36.2 41.4 
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SNR(dB) PMC PMC/LC 

9 26.9 33.0 

18 48.3 52.0 

30 65.4 71.8 
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SNR(dB) HMM1 HMM2 

9 39.1 43.6 

18 58.6 62.8 

30 71.2 73.6 
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