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Abstract— Denoising technique helps in speech enhament.
Denoising methods based on Spectral Subtractionnidium Mean
Square Error produces musical noise distortion. Thipaper,
proposes a new technique for musical noise reductionspeech
signal. The noisy speech signal is first decomposadto non-
uniform sub bands using a gammatone perceptualdilmodel with
Equivalent Rectangular Bandwidth Scale (ERB). The sub ban
signals are divided into frames. Then, noise esttioa is carried
out over each frame; if noise exits in the partieul frame then the
denoising algorithm is applied. In this work two deising
algorithms are used they are Minimum Mean-Square BrrShort-
Time Spectral Amplitude (MMSE STSA) and  Boll's Spext
Subtraction (Boll's SS) technique. Finally enhancespeech signal
is obtained. The effectiveness of quality enhancemnewas
measured using Perceptual Evaluation of speech QualPESQ)
technique. Both MMSE STSA and Boll's spectral subttemn
algorithms provide better results than the existin@pectral
Subtraction and MMSE technique. However, quality enf@ement
in MMSE STSA is much better than Boll's SS.

Keywords— Gamma tone filter bank, Perceptual filteark,
Boll Spectral Subtraction (Boll SS), MMSE STSA, Denaigi

l. Introduction

In Speech Communication systems, when thescépe
signal is transmitted through the channel, noids gdded up
along with the speech signal and it is very diffido obtain
completely noise free speech signal at the receidence
denoising techniques such as Minimum Mean-Squarer Er
Short-Time Spectral Amplitude (MMSE STSA) and Bsll’
Spectral Subtraction (Boll's SS) technique are iregu to
improve the quality of the speech signal.

Filter bank employs decomposition of the signato its
low frequency and high frequency components inahalysis
block and then reconstructing it at the synthedexck [1].
However, a slight modification is required in deomtd
systems to suppress undesired noise. An improvedtrsp
subtraction method for reducing acoustic noisebigioed by
using weighting filter based on psychoacoustic prop to
reduce the residual musical noise [2]. There avers¢ speech
enhancement algorithms, among them spectral stioinac
algorithms is the oldest and most popular techriqliee to its
simplicity in implementation [3]. It improves theiglity of the
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signal by subtracting the noisy spectral componé&wots the
original signal. However it introduces musical moi$ience,
designing speech enhancement algorithm withoubdiuizing
any perceptible speech distortion is the main ehagl. In this
paper, the speech signal along with noise is pestkthrough
gammatone filter bank. The output of the gammatflter
bank is divided in to frames and windowed and cotedkin to
frequency domain using FFT. Then continuous noise
estimation is carried out over each frame and #wuired
denoising method is applied. Finally IFFT and oapriadd
technique is carried out and the enhanced speegtalsis
obtained. In MMSE STSA, a priori SNR tracking obtd
using a decision-directed method is more efficidran the
previous MMSE method [4, 5]. Boll's spectral subtran
technique uses spectral averaging and residuag meduction
method which is more efficient than the previoushuod [6].
Both the methods, reduces the musical noise tea@gr extent
than the previous methods thereby improving thdityuaf the
speech signal.

1. Proposed method

A. Perceptual filter bank model for speech enhancement

Although most of the filtering techniques like wén
filtering filters the noise but it does not complgt eliminate
the musical noise. By using speech enhancementithlgo
based on perceptual model residual noise can benalied to
some extent. In this technique the degraded inaweform is
decomposed in to non-uniform decomposition using
gammatone filter bank [7]. Using this technique tbever
frequency component can be efficiently obtainedirduthe
synthesis process. In this paper, the degraded signal is
decomposed using Gamma tone filter bank [8].

gt(t) = At"rexp(- 2[1bBc)coq2 1.t + ) (1)

WhereA is the magnitude normalization parameteis the
filter order, f is the centre frequency of filterg is filters
bandwidths, andbB(f,) represents the filter envelop. The
frequency resolution of human hearing with broadbsignals
is expressed using Equivalent Rectangular Bandwig@fRB)
scale. The expression used to convert a frequiinciz in its
value in ERB is
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ERB (f) = 21.4 log (0.0043¢# 1) (2) relation;
Y, g(n) = v(n) gty (n) 3)
: The output of the gamma tone filter bank is dividedo
Fiter-bank gamma tone output frames and windowed using Hamming window and it is
converted in to frequency domain using the FFT neagpke [5]
¥ . .
and then the required speech enhancement algorithm
Windowing + FFT applied.
¥ C. Perceptual generalized spectral subtraction techag
Signal Fower Estimation using Boll’s method
T The spectral subtraction estimﬂe}"w), is calculated
Continuaus Moise Estimation using the relation [6],
jw
| S(GJW =|| )| - e e ) @
BollSpedral Subtraction
IMIMSESTSA Estimator
"h' ejW jw jw
¥ Hie™ | Xle 5
Subtract Bias i ) ( ) ( ) ®)
With
¥
\ Half-wave Radify ) jw
priorishR | [ Posteriari " He )=1- ‘” ZW 6)
Estimation calculztion Feduce Moise Residual
¥ ,u(e’w) = E{ ‘ N(e“”)‘ } (7
Compute Speech Activity
detector Where H(e‘w) is the spectral subtraction fiIte;u(e‘W) is
v the average value taken during nonspeech activity,
Snedral Gai . o - .
™ Attenuats Signal Luring | f | The spectral erren(e"”), can be calculated as follows;
alulation Nonspeech Activity
= o)Al
|FFT+ Owerlap-add

The spectral error can be reduced by magniaveeaging,
¥ half-wave rectification, residual noise reductiomda by
additional signal attenuation during nonspeectvigti

Enhanced Sub signals

Using half-wave rectification the estimatocbmes

o )= Hale ) ) ©
Fig.1. Denoising techniques using Method 1 — MMJISA, Method 2- Boll

Spectral Subtraction Where
Hele)= e );‘ He)

The residual noise reduction scheme is giwen a

B. Multi Bands Perceptual Filter Bank

The processing is done by dividing the degilasaveform
y(n), into separate bands ¥: (n) based on gamma tone filter
bank [7].Using gammatone filter bank the lower fregcy
components can be efficiently obtained as the Idveguency - 'Wl _|% jwl - jw] 'w]
components are divided in to more number of suldédhan ‘S(e’ ‘S(e , for ‘S(e > mao{NR( (11)
the high frequency components. These bands areidodily 3 (ow .
estimated using the required speech enhancemeatithig ‘S ] =min {‘S eJW]J =i-1i,i +1}
based on Boll's spectral subtraction or MMSE STSA A w (12)
technique. The analysis filter bank is made of 2fh order ‘S( l< mao{N (e ]
gamma tone filter [8]. The output of thé' kfilter of the
analysis gamma tone filter bank can be calculat@dguthe

J10

Where
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5 )=

And

Ha (e )x,fe)

(13)

maﬁNR(eiW] = maximum value of noise residual

measured during nonspeech activity.
The absence of speech can be calculated byg,usi
M

T=20 Iogm[% j dw] (14)
-n

For the value of T less than -12 dB, the frasneermed as
no speech activity frame .The nonspeech activitjuiling the
output attenuation for the output spectral estingtgven as

)|

Where20log,,c = -30dB

eW

ue"

%(eiw) T>-12B

. 15
ox(e" )T < -1208 49

D. Minimum mean square error short time spectral atogk
method

The posteriori SNR estimai’(a‘,r), is given by [4],

| YDs(fvT) |2
Af,7)

oi.r)=

(16)

Where/l(f,r) is the power spectrum of the estimated noise

given by,

Eﬂz(f,r]2 }rm (r < Ty, )
Eﬂz(f,r]2 }(Tr_rth) (r > T )

WhereT yis a smoothing parameter for framedow and

Alf,7) = 17)

E{}S denotes an expectation operator from A to B.

The Priori SNR estimate is calculated as fedlp

&(f,7) = aplf.,r -1) G2(f,r -1)+
@-a)Fpff,7)-1] (0<a <)
a is the weighting factor of decision directed esiiiion,
G(f, r) is the spectral gain function and the operato} iB|.
estimated as follows,

(1=0)

[ ] { (otherW|se)

(18)

(19)
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6 )= rlspll S -2

{(1+ ulf,7))1 ( off.z )j+u(f,r)ll(@ﬂ.

[ () is the gamma function ang(.) and k(.) denotes the

(20)

modified Bessel functions of the zero and the -firster,
respectively.

u(f,r) is given by,

__&t7)
ulf.7)= 1+ &(f, r)y(f 7)
The noise reduction is estimated using,

yPROP(f : T) = G(f , T)YDs(f ; T)
(22)

(21)

I1l.  simulation

A. MATLAB Simulation

Simulation is done using MATLAB. It is useddto its
high performance in technical computing.

MMSESSS
—— Dencsing
Method

Pereaptudl

——= Filter Bamk
Signa
¥ Analyse

Perephual
—— Filter Bank
Symthests

M i

Speaker

Fig. 2. Block Diagram of Denoising Algorithm

MATLAR Semulation

It allows computation and programming in arusiendly
environment. In Perceptual Filter bank Analysise thoisy
speech signal is decomposed in to non-uniform sutd® and
the required denoising method is used and theretifi@nced
speech signal is synthesized using Perceptualr Hiltak
Synthesis.

B. Speech quality and measure

Perceptual Evaluation method is an objectieasare used
for speech quality measurement. This method is usedder
to evaluate the quality of the speech signal. Tisthod
captures the received audio stream (degraded inpud)
compares it with the original signal and simulatesing
MATLAB thus predicting the quality of the signal][PESQ
range corresponding to 0.5 indicates poor quafitsignal and
the values reaching towards 4.5 indicates efficoprdlity of
signal.
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Fig. 3. Block Diagram for Perceptual EvaluatiorSpieech Quality

IV. RESULTS AND DISCUSSION

Method 1:Speech denoising algorithm based on Minimum
Mean Square Error Short-Time Spectral Amplitude hodt
with gamma tone filter bank reduces musical noiserem
efficiently than the previous MMSE method using gaatone
filter bank. Using this method the PESQ value 2s38btained
which is better than the previous MMSE method which
provides the PESQ value 2.25.

Original Speech Signal
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Fig. 4. MMSE STSA with ERB Perceptual filter bank (Gaatone)

Perceptual Evaluation of Speech Quality(PESQ)
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Fig .5. Perceptual Evaluation of speech QualityIREfor MMSE STSA
method

J. Mubeena Parveen,

Proceedings of International Conference “ICSEM’13”

Method 2: Speech denoising algorithm based on Boll

Spectral Subtraction method with gamma tone filbank
provides better result than the previous spectudkraction
method. This method provides the PESQ value 2.2 hwhs
better than the PESQ value 2.2 of the previous t&dec
Subtraction method.
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Fig. 6.Boll's Spectral Subtraction with ERB Peraggffilter bank
(Gammatone)

Percaptual Evaluation of Speech Quality(PESQ)
36 : :

Noisy Speech
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PESQ index valug
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Fig .7. Perceptual Evaluation of speech QualityJRkfor Boll's Spectral
Subtraction method

V. Conclusion

This paper proposes a new technique for musiose
reduction in speech signal based on MMSE STSA with
gammatone filter bank and Boll's Spectral Subtactivith
gammatone filter bank. The noised speech is decsatpim to
nonuniform sub bands using gammatone filter bahks are
manipulated in each nonlinear block with the BoHjsectral
subtraction process and the MMSE STSA technique and
simulated in MATLAB. PESQ was calculated for each
combination and Experimental results obtained vievad to
be better than the previous existing method. It wlserved
from the above methods that noisy signal was effiity
denoised and original speech signal reconstrucieMISE
STSA the gammatone perceptual filter bank model foasd
to provide better results than Boll's Spectral Sadtion in
terms of better PESQ.
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