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Noise Reduction Algorithm Based on Acoustic Scene Classification in Digital Hearing
Aids

Wang Jiadong', Zou Cairong', Jiang Bencong', Wang Qingyun’

(1. School of Mechanical and Electric Engineering, Guangzhou University, Guangzhou, 510006, China; 2. School of Information

Science and Engineering, Southeast University, Nanjing, 210096, China)

Abstract: A new noise reduction algorithm based on acoustic scene classification is proposed. Three
acoustic scenes of pure speech, noise, noisy speech are classified by modulation filter. The parameters of
noise reduction algorithm are adjusted by the result of scene classification. Different attenuation coeffi-
cient is adopted according to the different acoustic scene. Satisfied experimental results are achieved in
the digital hearing aid testing system. Better than 95% accuracy is acquired in acoustic scene classification
experiment. In the environment of different kinds of noises input, the signal-noise ratio (SNR) and MOS
score are increased apparently. The quality of output speech in digital hearing aids is improved effective-
ly.
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Tab.3 Test results of the proposed method and the conventional Wiener filtering
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Fig. 5 Output signal spectrogram of Tank noise with 0 dB SNR Wiener filtering method and the proposed method
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