
8/16/23, 4:30 PM Scopus - Print Document

https://www.scopus.com/citation/print.uri?origin=recordpage&sid=&src=s&stateKey=OFD_1678052016&eid=2-s2.0-85163780724&sort=&clickedL… 1/8

Documents

Saleem, N.a b , Gunawan, T.S.b c , Kartiwi, M.d , Nugroho, B.S.c , Wijayanto, I.c

NSE-CATNet: Deep Neural Speech Enhancement Using Convolutional Attention Transformer Network
(2023) IEEE Access, 11, pp. 66979-66994. 

DOI: 10.1109/ACCESS.2023.3290908

a Gomal University, Faculty of Engineering and Technology, Department of Electrical Engineering, Dera Ismail Khan, 29050,
Pakistan
b International Islamic University Malaysia (IIUM), Electrical and Computer Engineering Department, Kuala Lumpur, 53100,
Malaysia
c Telkom University, School of Electrical Engineering, Bandung, 40257, Indonesia
d International Islamic University Malaysia (IIUM), Information Systems Department, Kuala Lumpur, 53100, Malaysia

Abstract
Speech enhancement (SE) is a critical aspect of various speech-processing applications. Recent research in this field
focuses on identifying effective ways to capture the long-term contextual dependencies of speech signals to enhance
performance. Deep convolutional networks (DCN) using self-attention and the Transformer model have demonstrated
competitive results in SE. Transformer models with convolution layers can capture short and long-term temporal sequences
by leveraging multi-head self-attention, which allows the model to attend the entire sequence. This study proposes a neural
speech enhancement (NSE) using the convolutional encoder-decoder (CED) and convolutional attention Transformer (CAT),
named the NSE-CATNet. To effectively process the time-frequency (T-F) distribution of spectral components in speech
signals, a T-F attention module is incorporated into the convolutional Transformer model. This module enables the model to
explicitly leverage position information and generate a two-dimensional attention map for the time-frequency speech
distribution. The performance of the proposed SE is evaluated using objective speech quality and intelligibility metrics on
two different datasets, the VoiceBank-DEMAND Corpus and the LibriSpeech dataset. The experimental results indicate that
the proposed SE outperformed the competitive baselines in terms of speech enhancement performance at -5dB, 0dB, and
5dB. This suggests that the model is effective at improving the overall quality by 0.704 with VoiceBank-DEMAND and by
0.692 with LibriSpeech. Further, the intelligibility with VoiceBank-DEMAND and LibriSpeech is improved by 11.325% and
11.75% over the noisy speech signals. © 2013 IEEE.
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