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Combining deep learning-based online beamforming with
spectral subtraction for speech recognition in noisy environments
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ABSTRACT: We propose a deep learning-based beamformer combined with spectral subtraction for continuous
speech recognition operating in noisy environments. Conventional beamforming systems were mostly evaluated
by using pre-segmented audio signals which were typically generated by mixing speech and noise continuously
on a computer. However, since speech utterances are sparsely uttered along the time axis in real environments,
conventional beamforming systems degrade in case when noise-only signals without speech are input. To alleviate
this drawback, we combine online beamforming algorithm and spectral subtraction. We construct a Continuous
Speech Enhancement (CSE) evaluation set to evaluate the online beamforming algorithm in noisy environments.
The evaluation set is built by mixing sparsely-occurring speech utterances of the CHiME3 evaluation set and
continuously-played CHiME3 background noise and background music of MUSDB . Using a Kaldi-based toolkit
and Google web speech recognizer as a speech recognition back-end, we confirm that the proposed online
beamforming algorithm with spectral subtraction shows better performance than the baseline online algorithm.
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Table 1, Neural network architecture for mask esti—
mation,
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Table 2, SNR (dB) measurements before and after
spectral subtraction in CHIME3 dt05 set.

Input SNR (dB) 0 5| 0| 5 |10
Before SS (Ch#1) | -98 | 49 | 02 | 48 | 97

After SS (Ch #1) 90 | 40 | 1.0 | 45 | 93

After beamforming | -2.0 | -1.8 | -1.6 | -1.5 | -1.5

Table 3. PESQ measurements before and after
spectral subtraction in CHIME3 dt05 set,

Input SNR (dB) 00 5o | 5 |10
Before SS (Ch#1) | 1.29 | 148 | 1.74 | 2.05 | 2.38
After SS(Ch#1) | 1.37 | 1.62 | 1.85 | 2.06 | 2.37
After beamforming | 1.81 | 2.02 | 2.25 | 2.37 | 2.48
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Table 4, Samples of Korean commands used for
evaluation, English translation is given in paren—
theses.
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