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The Modified Post-Filter Beamforming for Speech Enhancement

Yan Zhao-li Du Li-min
(Institute of Acoustics, Chinese Academy of Sciences, Beijing 100080, China)

Abstract A modified Wiener post-filter beamforming for speech enhancement is presented. The proposed algorithm
focuses on the estimation of the ideal signal’s power spectrum for the Wiener filter, both auto-correlation and
cross-correlation are taken into consideration to obtain as more power spectrum estimations as possible, the average of
which produces more accurate result. Meanwhile, the alteration of cross-correlation caused by the moving speaker is
revised. The performance of the algorithm has been evaluated from Signal to Noise Ratio (SNR), Average Log Spectrum
Distance (ALSD) and speech recognition rate. The SNR is improved by 5 dB. The command recognition rate based on
Hidden Markov Model (HMM) in the car environment reaches 84%. The low frequency noise that still remains after the

process of the primary method is reduced by the proposed method, and the speech signal distortion is also decreased.
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Fig.1 The block of Wiener post-filter beamforming
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Fig.2 The block of the modified Wiener post-filter estimator



12 W

Tl JE T A5 DRt ) J Y R Bt V5 1 5 S 2271

4 IR

h T VA SRR H e SR T B, AL 3 AN TN
E— e A HHT T .
4.1 {EMEEE SNR

LSRR A BB T T, WA EOK H A B A BT
B THEHLRE R 7R 2855 PRI R SR A 4 e a8
BTG, PIMSIEEESN Y 8.2cm, 12.3cm, 8.2cm: il AL
TIRGEHN T, $imdsilEAAMSEAIE . |5 a7 ier
Faty 5o, 3 i gt R K, MK 3(a)F 1A 3(d)
fEM: LK kA 7.6dB, 15dB, 21dB 1 32dB. & 4 J 2k
Fats M A (R RIS BR 45 0L, W 4(a) 21 4(d) {5
tbik vk 6.5dB, 10dB, 22dB il 27dB. Jifs kil #zet—
AN 200Hz w3 g S A AL EE o ANSES H A SCHR HY R BT ot
W LA 7RSI T AR S R T

02
O
2@, . T T I -

0.2
&®, , T T I R
©@, , v v 0T
@, . T I A
0 2 4 6 8 10
Time (sample x10%)

(=}

|
o o
o o

Amolitude

|
<o
v o

<o
)

(=)

—0.2

B3 (a) 5l & e 5 CP A BUg )
(D) AL IRAH N TE 2%
(C) AT YN J5 0 e 1) R 1t
(d) AR SCHR H ot B
Fig.3 (a) The primary speech with stationary noise.
(b) Delay & Sum beamforming
(c) Wiener post-filter beamforming
(d)The proposed modified method
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