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Abstract

In this papers, we apply high performance hardware and machine learning algorithm to build an advanced VAD
algorithm for speech enhancement. Since speech is made of series of phoneme, using recurrent neural network (RNN)
which consider previous data is proper method to build a speech model. It is impossible to study every noise in real
world. So our algorithm is builded by phoneme based study. we detect voice present frames in noisy speech signal and
make enhancement of the speech signal. Phoneme based RNN model shows advanced performance in speech signal which
has high correlation among each frames. To verify the performance of proposed algorithm, we compare VAD result with
label data and speech enhancement result in various noise environments with previous speech enhancement algorithm
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Zn,k) = X(n,k)+ Y(n, k)
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: speechpresent : Z(k) = X(k)+ Y(k).

: speechabsent : Z(k) = Y(k)
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PESQ scores of the conventional method and
the proposed method under noise environments.
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