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Fast adaptive estimation of noise spectrum
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Abstract: A fast adaptive method for noise spectrum estimation is proposed in this paper. We improve the
algorithm of noise spectrum estimation proposed by Doblinger and Cohen. This is achieved by modifying
the threshold for judging presence of speech in sub-bands and the formula of noise spectrum update. The
estimated noise spectrum can quickly adapt with background noise and keep accuracy at the same time.
Results show that, by using this method, a speech enhancement system has good performance both in st-
ationary and non-stationary noise suppression, and also under sudden change of noise.
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1
Table 1 SegErr between estimated noise spectrum and true noise spectrum under different SNR

white babble factory
-5dB 0dB 5dB - 5dB 0dB 5dB - 5dB 0dB 5dB
[1] 0.649 0.648 0.668 1.206 4.605 6.003 0.601 2.106 4.603
[4] 0.606 0.608 0.618 0.847 1.054 2.015 0.950 1.310 2.045

0.420 0.417 0.416 0.641 0.677 1.144 0.537 0.599 1.071

2
Table 2 SegErr between estimated noise spectrum and true noise spectrum under noise changed quickly condition

white babble factory 0dB babble 5dB babble
5dB 0dB 5dB 0dB 5dB 0dB 0dB factory 0dB factory
[1] 0.726 6.965 6.489 5.731 6.841
[4] 0.655 1.344 1.101 1.023 1.332
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Fig.3(a) Noise speech
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Fig.3(b) Plot of true noise spectrum (black line) and estimated noise spectrum (dash line) using [1] (f=3750Hz)
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Fig.3(c) Plot of true noise spectrum (black line) and estimated noise spectrum (dash line) using [4] (f=3750Hz)
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3
Table 3 output SNR under different input SNR
white babble factory
5dB 0dB - 5dB 5dB 0dB - 5dB 5dB 0dB - 5dB
[1] 4.89 2.32 0.91 4,53 1.88 0.42 3.45 1.56 0.54
[4] 5.12 2.12 0.97 5.07 2.05 0.54 4,55 1.89 0.67
5.81 3.10 1.22 6.13 3.56 1.54 6.12 3.22 1.43
1 .
0.8
0.6
0.4 B
w 02
= i |
= -0.2
-0.4
-0.6
-08 [ . - . . . B
1o 0.2 0.4 0.6 0.8 1 1.2 1.4 1.6 1.8 2
% e
B 4(a) I (5dB white 75 )
Fig.4{a) Noise speech with 5dB white noise
1 —
0.8 - :
0.6 =
0.4
Bl 0.3
IE
F o ]
-0.4 1
-0.6 |
-0.8
-1 : : : : . :
0 0.2 0.4 0.6 0.8 1 1.2 1.4 1.6 1.8 2
=% 3¢
F4(b) MBI ESESARIEHS NS
Figd.(b) Enhanced speech using method proposed here



740 2007
e =+ = A
0.6
04 - g
02
2 O
-0.2
-04 +
-0.6
-0.8 : :
0 1.5 2 2.5
Fl4(c) MBIBEFLEEIAK4]GEE R %
Fig4(c) Enhanced speech using [4]
1 ’ e : s s
0.8 |- ' ]
0.6
04 | ]
0.2 | w
= 0 |t e P _
0.2 ‘
04
g1 . R
0 0.5 1 1.5 2 25
A 4(d) HMIMEFEGIOM1]RAIEH®
Fig4(d) Enhanced speech using [1]
, []_] [4] by spectral minima tracking in sub-bands[A]. in EUROSP-
EECH'95[C]. Madrid, Spain, 1995, 9(18-21): 1513-1516.
! [2] Martin R. Spectral subtraction based on minimum statis-
, tics[A]. Seventh European Signal Processing Conference
[C]. 1994, 9: 1182-1185.
[3] Martin R. Noise power spectral density estimation based
on optimal smoothing and minimum statistics[J]. Speech
5 and Audio Processing, 2001, 9(7): 504-512.

[4]

(5]

[6]

[7]

[1] Doblinger G. Computationally efficient speech enhancement

Cohen I, Berdug B. Noise estimation by minima controlled
recursive averaging for robust speech enhancement[J]. Sig-
nal Processing, 2002, 9(1):12-15.

Walden A T, Percival D B, McCoy E J. Spectrum estima-
tion by wavelet thresholding of multitaper estimators[J].
Signal Processing, 1998, 46(12): 3153-3165.

HU Y, Loizou P. Speech enhancement based on wavelet
thresholding and multitaper spectrum[J]. Speech and Au-
dio Processing, 2004, 12(1): 59-67.

Cohen 1. Noise spectrum estimation in adverse environm-
ents: improved minima controlled recursive averaging[J].
Speech and Audio Processing, 2003, 11(5): 466-475



