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Based on Voice Activity Detection
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ABSTRACT

In this paper, we propose a novel approach of low computational complexity to improve the speech quality of the
small acoustic equipment in noisy environment. The conventional gain control algorithm suppresses the noise of
input signal, and then the part of wide dynamic range compression (WDRC) amplifies the undesired signal. The
proposed algorithm controls the gain of hearing aids according to speech present probability by using the output of
a voice activity detection (VAD). The performance of the proposed scheme is evaluated under various noise

conditions by using objective measurement and yields superior results compared with the conventional algorithm.
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E 1. ol A 3elA 7] daeE) Aokl ¥aze]Ee] PESQ, BAK 18]3 OVL 73] H|al
Table 1. PESQ, BAK and OVL scores of the conventional method and proposed algorithm

Conventional method Proposed algorithm
Noise ?(i\];l? PESQ BAK OVRL PESQ BAK OVRL
5 2.043 1.684 2.322 2.044 1.703 2.346
Babble 10 2.349 1.939 2.724 2.348 1.962 2.747
15 2.687 2.208 3.141 2.671 2.232 3.152
5 2.298 1.892 2.750 2.308 1.899 2.772
Street 10 2.613 2.138 3.130 2.631 2.151 3.157
15 2912 2.362 3.471 2.931 2.380 3.495
5 1.987 1.795 2.108 1.981 1.800 2.157
White 10 2.300 2.020 2.491 2.290 2.030 2.532
15 2.621 2.245 2.868 2.615 2.264 2.908
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