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Background

e Noisy environments

e Stationary noise: fan noise, white Gaussian noise......

e Non-stationary noise: car noise, factory noisalaire noise......
» Effects of noise

e Reducing both speech quality and speech intelligibi

e [ncreasing the listener’s fatigue
e Speech Enhancement

e Single-Channel Speech Enhancement

e Multi-Channel Speech Enhancement




Background

e Comparisons of Speech Enhancement through Spdtexig and Post

Algorithm Spatial Filtering | Post-Filtering
Directional Noise @ ® @
(Correlated Noise)

Diffuse Noise ® @ @
(Non-Correlated Noise

e Post-Filtering Algorithms
e Single-Channel Speech Enhancement

e Multi-channel post-filtering algorithms: Coherengcased/Phase-based/Power-
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Motivation
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e Theoretical amounts of noise reduction\:lF@% =
3

e For noise-only segments, in conventional theorg, have

NR - +oo for NR,S\NR, - 0

® Qu&ﬁtl ON. In pradiiRes +00? for NR, NR, - 0

e Question : How to improve noise reduction without increasing

o

speech distortion in practical consideration.

, Why?




Model

e Two Assumptions:

 The observed signals at the two microphones arsskau
distributed.

e The noise Is uncorrelated between sensors.
 Distribution of the pgw))dog%am ]
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» Distribution of the cross periodogram

* In theory, the real and the imaginary parts of ¢hess periodogram
are both Laplace distributed.
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Derivation

e Distribution of the auto-spectrum (Usibgndependent frames)
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e Distribution of the cross spectrum (Usibgndependent frames)
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e The relationship between the smoothing factor alphd the nulver of
frameL L =1ta 1
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* With the PDFs of the auto-spectra and the cross-spectrum, the PDF of the gain
function can be obtained in theory.
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Statistical Properties of the Gain Functions

° The PDFs of the gain functions
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Statistical Properties of the Gain Functions

e Theoretical limits of noise reduction
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e By this study, we find NRt<+0? for NR,S\R, - 0
 NR becomes infinity if and orgy if 1




Some remarks

If the smoothing factor is not large enough, musntase is inevitable

due to a large part of the gain having large values

It Is better to use a large value of the smoothiatgor to increase both

noise reduction and reduce musical noise.

We have to make a trade-off between the noise teduand the

estimation biases by properly selecting the smagtfactor




Adaptive Time-Frequency Smoothing Scheme

 For the TC-PF algorithms, the sudden change ofsytseem only occurs at the desire
speech onsets/offsets.

* For the desired speech onsets:

a(k,1)= max{min {“ fi(k,|)’amax}’ami” }

* For the desired speech offsets:

(ﬁaopt (k’l _1)+ (1-,8)0’(k,|)
PN(AER it o (K1 =1)< a(k,1)& gy (K1 =1) < @ e
L a(k,I) otherwise




Adaptive Time-Frequency Smoothing Scheme

Results of the proposed adaptive time-frequencyosimmog scheme.

* At the desired speech onsets/offsets, the smootaatgr has a small value, which is
close to zero.

* At the noise-only segments, the smoothing factofase to one.
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Adaptive residual noise floor selection

e To mask musical noise, conventional speech enhameaigorithns
often use a constant residual noise floor, given by

W, (k,l): maX{Wi (k’l)’Gmin}

e Based on the psychoacoustic fact, it is difficalt& tone to mask a band
of noise. Thus, it is better to further suppressttmal components.

G (k,1) = max(1-U (Ak,1) =W (k1) (A(k.1)=1)Gy, (k1) G (ko 1}

o A(k ) is used to indicate the tonal components.

e By using Gk, 1), the noise reduction could be improved without
Introducing audible speech distortion, since wegy amtrease the amount
of noise reduction at the peaks of the estimateg8INP
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Experimental Results:
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Experiments

e Experiment Setup
* We use two Omni-directional microphones producedbgrtek
e The distance between the two microphones is 0.5m
* The reverberation distance of the room is about 1m

* The noise speaker is located about 4m away froncehéer of the

two microphones

* The desired speech is located in front of the canterophone at a

distance of 0.5m.
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Experiments

e Coherence of the noise between the two microphones
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Experiments

e Comparison results of the SegSNR improvement

Algorithm ARMA(2,2) Non-stationary Noise AR(24) Non-stationary Noise

Input SegSNR 5 10 15 0 5 10 15

TTC-PF 6.03 44 212 -040 6.21 480 290 0.44

Proposed 6.51 48 240 0.16 735 564 3.63 0.88
1

e Comparison results of the PESQ improvement

Algorithm ARMA(2,2) Non-stationary Noise AR(24) Non-stationary Noise

Input SegSNR 5 10 15 0 5 10 15

TTC-PF 044 05 052 041 043 054 054 041

Proposed 054 0.7 068 059 063 075 072 0.51
0
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Conclusions

o ANSWEY: In prabiRe<+x=? for SNR, SNR, — 0 - why?

e From statistical properties of the post-filter gsttors.

® ANSWEX : How to improve noise reduction without introducing
audible speech distortion in practical consideratio

e Adaptive time-frequency smoothing scheme
* Noise properties driven adaptive residual noiserfielection scheme

 The two schemes could be applied to any speecmeaheent that need to

estimate the auto/cross spectrum and the gainifumct
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