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Improvement of speech recognition performance by using phase information with long
analysis window

Yamamoto, Kazumasa
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In traditional speech recognition techniques, amplitude spectrum based features
(typically MFCC or PLP) are usually used as acoustic features, while phase spectrum based features are
almost i?nored. In this research, we showed that the phase spectrum based features, which extracted as
group delay spectrum based cepstrum features by using the longer (100-200ms) analysis window then usual
one (25ms), can be used for speech recognition as the same as the amplitude spectrum based features and
we can improve speech recognition performance by using the both features simultaneously. We also studied
about deep learning based acoustic models for robust speech recognition in this research. We modified
“ noise aware training” method of Deep Neural Network based HMM (DNN-HMM) so that the DNN can treat
* enhanced” noisy speech features and noise estimates. We then showed the improvement of noisy speech
recognition by using the proposed method.
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1. clean training
Test SNR| MFCC MFCC+
Clean 75.21 79.11
20dB 69.73 69.20
15dB 67.07 66.61
10dB 60.33 59.12
5dB 47.83 46.11
0dB 26.58 12.97
-5dB 8.13 6.00
clean
MFCC

2 multi-condition training data

2. Multi-condition training

Test SNR MFCC MFCC+
Clean 86.21 90.05
20dB 76.61 77.17
15dB 74.51 75.22
10dB 69.27 69.12
5dB 58.23 57.08
0odB 33.78 30.49
-5dB 8.40 5.44
MFCC
SNR
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