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Abstract

In this study, we analyzed the reduction of noise in a noise environment using 2, 3, 4 or 5 microphones in
digital hearing aids. In order to be able to use this in actual digital hearing aids, we made the experiment
microphone set similar to the behind-the-ear type (BTE) and then recorded the signal accordingly, with each
situation. With the recorded signals, we reduced the noise in each signal by a noise reduction algorithm using
multi-microphones. As a result, in the case of By comparing the SNR (Signal to Noise Ratio) and PESQ
(Perceptual Evaluation of Speech) measurements, before and after the noise reduction, the results showed that the
improvement in performance was highest when three or four microphones were used. Generally, when two or
more microphones were used, we found that as the number of microphones increased there was an increase in

performance.
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Fig. 1. Block diagram of noise reduction system
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Fig. 5. The results of SNR measurement for words
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Table 1. SNR for words before and after noise reduction depending on the number of microphone
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F2AA A 270 378 478 571
B (dB) -10.1969 -5.0543 -3.1221 -1.0110 -2.3731
XEZAZH(dB) 2.5012 1.8989 3.1044 4.1317 3.4768
Table 2. SNR for words before and after noise reduction depending on the number of microphone
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XEFAZH(dB) 2.7856 4.0754 3.3931 3.7517 2.8553
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