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An Algorithm for Estimating the Amplitude Spectrum of Noisy
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Abstract

Recently, in order to improve speech recognition performance, it is necessary to implement a method to accurately
detect speech sections in high noise environments and a method that considers the spectrum in the frequency domain.
Therefore, this paper proposes a minimum square error short-time amplitude spectrum estimation technique that can
estimate the spectral change of noise when the noise level changes. This method is an algorithm that estimates an
appropriate noise spectrum for changes in noise in each frame by applying a threshold for voice activity detection
under a high noise environment. In the experiment, two types of speech databases, three types of colored noise and
white noise were used. In particular, it was found that the proposed algorithm is superior because the output SNRs
of the proposed algorithm improved up to 9.13 (dB) for white noise as the input noise increases.
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Table 5. Performance comparison of white by SNR
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Fig. 1. Comparison of proposed algorithm

ol i
L
=2
>
rr
e
B>
[\&)
of»
to
D
L
>
r:]_‘
>
It
[
1
|
)

O
1A
o

>
il
ofo
ol
ol
a2
dlo
ox
>

=
oxl

of

2

lo

E

—n

of\

=il

1o

A doleol2g Hgde] £

> o ot o2 o
ol
o,

g g2 fob xS e o dor L@

References

[1] D. Chazan, G. Cohen, R. Hoory, and M. Zibulski,
"Low bit rate speech compression for playback in
speech recognition systems", 2000 10th European
Signal Processing Conference, Tampere, Finland,
pp. 1-4, Sep. 2000.

[2] B. R. Ravi, S. P. Deepu, M. R. Kini, and D. S.

"Wavelet
Techniques for Real Time Speech Enhancement",
2018 Sth International Conference on Signal
Processing and Integrated Networks (SPIN), Noida,
India, PP 846-851, Feb. 2018.
https://doi.org/10.1109/SPIN.2018.8474210.

[3] E. Nemer, R. Goubran, and S. Mahmoud, "Robust
voice activity detection using higher-order statistics
in the LPC residual domain", IEEE Trans. Speech
Audio Process., Vol. 9, No. 3, pp. 217-231, Mar.
2001. https://doi.org/10.1109/89.905996.

[4] Y. H Tu, J. Duy L. R Dai, and C. H. Lee,

"Speech Separation based on signal-noise-dependent

Sumam, based Noise Reduction

deep neural networks for robust  speech

recognition”, 2015 IEEE International Conference
on Acoustics, Speech and Signal Processing
(ICASSP), South Brisbane, QLD, Australia, pp.



152 =9 A7) e FSHe) A% 2HEe) 3

2

61-65, Apr. 2015. https://doi.org/10.1109/ICASSP.
2015.7177932.

[5] T. Esch and P. Vary, "Efficient musical noise
suppression for speech enhancement system", 2009
IEEE  International
Speech and Signal Processing, Taipei, Taiwan, pp.
4409-4412, Apr. 2009. https://doi.org/10.1109/
ICASSP.2009.4960607.

[6] Y. Ephraim and D. Malah, "Speech enhancement

using a minimum mean square error short-time

Conference on  Acoustics,

spectral amplitude estimator", IEEE Trans. on
Speech and Audio Processing, Vol. ASSP-32, No.
6, pp. 1109-1121, Dec. 1984.

[7] H. Tasmaz and E. Ercelebi, "Speech enhancement
based on undecimated wavelet packet-perceptual
filterbanks and MMSE-STSA estimation in various
noise environments", Digital Signal Processing,
Vol. 18, No. 5, pp. 797-812, Sep. 2008.
https://doi.org/10.1016/J.DSP.2007.10.003.

[8] J. J. Lee, H. T. Han, Y. U. Choi, and H. Y. Lee,
"Voice Activity Segment Audio Deduction Method
using MobileNet", Journal of KIIT, Vol. 20, No.
3, pp. 1-8, Mar. 2022. http://dx.doi.org/10.14801/
jkiit.2022.20.3.1.

[9] J. S. Choi, "Gender Recognition for Speaker in
Colored Noise by Speech/Non-speech
Discrimination”, Journal of KIIT, Vol. 10, No. 11,
pp. 63-68, Nov. 2012. https://doi.org/10.14801/
kiitr.2013.11.4.57.

[10] S. F. Boll, "Suppression of acoustic noise in
speech using spectral subtraction”, IEEE Trans. on
Acoustic Speech Signal Processing, Vol. ASSP-27,
No. 2, pp. 113-120, Apr. 1979.

[11] A. Yelwande, S. Kansal, and A. Dixit, "Adaptive
wiener filter for speech enhancement", 2017
International Conference on Information,
Communication, Instrumentation and  Control
(ICICIC), Indore, India, pp. 1-4, Aug. 2017.
https://doi.org/10.1109/ICOMICON.2017.8279110.

[12] J. Y. Ahn, S. B. Kim, S. H. Kim, and K. I.

Hur, "A study on Voice Recognition using
Model Adaptation HMM  for  Mobile
Environment", The journal of the institute of
internet, broadcasting and communication (IIBC),
Vol. 11, No. 3, pp. 175-180, Jun. 2011.
https://doi.org/10.7236/JIWIT.2011.11.3.175.

[13] J. H. Cho, "Efficient Compensation of Spectral
Tilt  for

Environment", The journal of the institute of

Speech ~ Recognition in  Noisy
internet, broadcasting and communication (IIBC),
Vol. 17, No. 1, pp. 199-206, Feb. 2017.
https://doi.org/10.7236/JIIBC.2017.17.1.199.

[14] J. S. Garofolo, L. F. Lamel, W. M. Fisher, J. G.
Fiscus, D. S. Pallett, N. L. Dahlgren, and V. Zue,
"Timit continuous

corpus”, Linguistic Data  Consortium, 1993.

https://doi.org/10.35111/17gk-bn40.

acoustic  phonetic speech

XMAL2IH

z| A & (Jae-Seung Choi)

npAAEE A7) A SAL (8, Thday]) AVCAE
Sl

2002 4€ ~ 20079 2€ : AR dAEedTFA
AT

2007 3¢ ~ AA ARt A7)AAES S ae

AR



	프레임 음성구간에 대한 잡음음성의 진폭 스펙트럼의 추정 알고리즘
	요약
	Abstract
	Ⅰ. 서론
	Ⅱ. 관련 연구 및 제안한 알고리즘
	Ⅲ. 제안 알고리즘의 실험 결과
	Ⅳ. 결론
	References


