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Speech enhancement based on leakage constraints DF-GSC
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Abstract: In order to improve the performance of general sidelobe canceller (GSC) based speech enhancement,

a leakage constraints decision feedback generalized sidelobe canceller(LCDF-GSC) algorithm is proposed. The

method adopts DF-GSC against signal mismatch, and introduces a leakage factor in the cost function to deal

with the speech leakage problem which is caused by the part of the speech signal in the noise reference signal.
Simulation results show that although the signal-to-noise ratio (SNR) of the speech signal through LCDF-GSC
is slightly less than that of DF-GSC, the IS measurements show that the distortion of the former is less than that
of the latter. MOS (mean opinion score) scores also indicate that the LCDF-GSC algorithm is better than DF-

GSC and the Weiner filter algorithm.
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In speech communication applications, such as
mobile phones, hands-free telephones and hearing aids,
speech signals are often corrupted by acoustic back-
ground noise. Many speech enhancement methods have
been introduced to solve these problems'' ™. Since a
multi-microphone system exploits spatial information in
addition to temporal and spectral information of the de-
sired signal and noise signal, it achieves much better
performance than traditional single microphone-based
speech enhancement algorithms such as Wiener filte-
ring'"', subspace-based enhancement'” etc.. Frost"'
provided an algorithm which deals with the problem of
a broadband signal received by an array. The algorithm
is capable of satisfying some desired signal in the look
direction by using constrained minimization of the total
output power. Griffiths and Jim'' reconsidered Frost’ s
algorithm and introduced the generalized sidelobe can-
celler (GSC) solution which is a widely used noise re-
duction algorithm for a multi-microphone system by
adjusting the weights of a sensor array with adaptive
filters.

The GSC algorithm achieves better performance
assuming that the desired speaker location, the micro-
phone characteristics and positions are known before-
hand. However, in reality, these assumptions are often
violated, resulting in speech leakage into the noise ref-
erences which causes speech distortion”'. Although
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some techniques'®”’ were introduced to reduce the

amount of speech leakage, it can never be completely
avoided. We consider speech leakage with leakage con-
straints in the GSC cost function and adopt the DF-
GSC method against signal mismatch.

1 GSC-Based Optimal Filter

A GSC-based optimal filter is illustrated in Fig. 1.
It consists of three parts. Part A is a fixed beamformer
filter which is responsible for providing a speech refer-
ence signal. Part B is a blocking matrix which creates a
noise reference signal by blocking the direction of the
speech source, and part C is an adaptive filter which
uses the noise reference signal as an input signal and
the speech reference signal as a desired signal. The
GSC attempts to recover the speech signal by constrai-
ning the array response to unity in the direction of the
speech source and minimizes the total energy which is
coming from all other directions.

Fixed
Y(k) beamforming Speech reference 4+ M Z|( k)

(4) Y_ I
. |
- , |
Blocking = Adaptive I
matrix (B) | i | filter (C) |

!
; 1

Noise reference

Fig.1 Basic structure of GSC

Consider a uniform linear array( ULA) of N micro-
phones, where each microphone signal Y,(k),n =0, 1,
...,N—1, at tap time k, consists of a filtered version of
the clean speech signal and additive noise:

Y, (k) =x,(k) +v,(k) (1)
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where x,(k) and v, (k) are the speech component and
the noise component received at the n-th microphone,
respectively. The additive noise can be colored and is
assumed to be uncorrelated with the speech signal.

In Fig. 2, a detailed fixed beamformer is provided.
The speech signal from far field impinges on the array
from a known DOA of 6, along with M —1 uncorrelat-

ed noise from unknown DOAs {6,, 0,, ..., 0,,_, }, so the
received signal can be written as
M-1
Y(k) = a(6)x, (k) + Y a(6,)x,(k) +v(k) =
m=1
x(k) +v(k) (2)

where a(6,) = {1, exp(ir, ), exp(i27, ), ..., exp(i(N —

1) 790)}T, with 7, = 2%‘1sin60, and A is the signal

wavelength. Similarly, a (6,) = {1, exp(ir, ),
sexp(i(N -1)7, )}, with 7, =

N-1

2%dsinﬁm. The output signal isz(k) = 2 wl(k)y, (k).
n=0

A
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Fig.2 Structure of fixed beamformer

The matrix B with dimension N x (N - 1), bloc-
king the direction of the speech source should satisfy
the condition given as

B'a(6,) =0 (3)

Part C is depicted in Fig. 3. The output signal z( k)

N-1

can be written as  z(k) = Y, w,(k)y,(k) =W (k)y(k).
n=0

In Fig.3, x(k) is the desired response vector and e( k)
=x(k) —z(k) is the estimation error vector. The mean
square error (MSE) cost function leads to the well-
known multidimensional Wiener filter W(k) = R),;l (k)
R, (k).

x(k)

+
y(k) z(k) - e(k)

Fig.3 Structure of MWF

2 Leakage Constraints Decision Feedback
GSC (LCDF-GSC)

2.1 GSC solution
An effective approach to determining the weight

W(k) in part C is based on the LCMV (linearly con-
strained minimum variance) criterion, which can be ex-
pressed as
mViVnWHRyW subject to C"' W=f (4)
where R (k) = E{y(k) y'(k)} is the input correlation
matrix; C is an N X p constraint matrix and can be ex-
pressed as C =1, @ C* with C* = {C,, C,, ..., C,_, };
and f = {f", 0:, ooy 0:}T is a p x 1 response vector, in
which 0; is a p x 1 zero vector and I, is anN x N iden-
tity matrix. By decomposing W =W _—BW,, where W,
=C(C"C) "'f, B =1, ®B", in which ® denotes the
Kronecker product, the LCMV beamformer can be im-
plemented via the GSC structure and can be formulated
as an unconstrained optimization problem:
Irvlvian J =nvlvi:1( W, -BW)"R (W, -BW,) (5

And the optimum solution of W, can be calculated as
W, . =(B'R,B) 'B'R W, (6)

2.2 Decision feedback GSC

In Refs. [§ —9], a new scheme to improve the
performance of the traditional GSC algorithm was pro-
posed. Fig. 4 depicts the whole structure of the pro-
posed DF-GSC. Accordingly, the cost function (5) is
changed to

min J =minE{ | X(k) - Wy Sy(k) |} =

minE{ | (W, -BW,)"Y(k) - W, 8,(k) [*}  (7)

where W, is the feedback tap weight and S()(k) is the
detected desired signal. The optimum solution of (7) is
Wa,opt :(BHRYB) —1BHRqu, Wb,opt :a(eo)wq (8)
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Fig.4 Structure of DF-GSC

2.3 Leakage constraints decision feedback GSC
Theoretically, the output of the blocking matrix B
is a noise reference signal;i.e., d;(k) =v,(k),k=1,2,
...,M - 1. In practical application, the vector d often
contains part of the speech signal which is a so-called
speech leakage; i. e., d, (k) :x_,(ic) +ﬁ(i<), k=1,2,
speech noise

...,M —1; hence, the adaptive filter will also remove
part of the speech signal from the speech reference sig-
nal. In this case speech distortion is introduced. In this
section we consider a new beamformer which incorpo-
rates the new speech leakage constraints with the deci-
sion feedback GSC technique. The cost function is
changed to
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J = minE(|[(W, -BW,)"Y(k) - W, S,(k)] [’} +

RE{(WX(k))*} (9)
This cost function consists of a term E{(WfX(k))z}

related to the speech leakage, then

J=v13{ierle{ [[(W, —-BW)"Y(k) - W, S,(k)] |’} +

HE{(W! X(k))?} =
min E([(W, ~BW,)"Y(k) Wy S,(k)]-
[(W, —BW,)"Y(k) - W, S,(b1"} +
RE((WIX(K))?} = min Wy R, W, -

H H BHRY H
Wq[RYBP]Wc—WC[ } ]Wq+WC RW, +
P

RE{(W, X(k))*}
where
W[y
R, :E{[B;:(,EJ)()][Y“(k) B S;(0]}=
[B“RYB 0 ]
0" oy

P=E{Y(k)S; (k)}

in which a'i(] is the power of the transmitted desired

= 0%0 a( 00)

signal.

o/ __ _B'R,W, + B'R,BW, +uR,W, =

a

0, we obtain
W, o =[uRy +B"R,B] "'B"R,W, (10)
where assuming that the speech and noise s1gnals are
uncorrelated, R, can be estimated as
R, =R, -R,
where R, is estimated during the periods of speech +
noise and R, during the periods of noise only.

From L= _W_P+ 42 W, =0, we obtain
b
P'w,
Wb,opt: 0_2 =a (GO)Wq (11)

So

The parameter y gives the trade off between dis-
tortion of the speech reference and noise reduction. The
greater the amount of speech leakage, the more atten-
tion is paid to speech distortion. For y =0, all emphasis
is placed on the noise reduction and the speech leakage
is not taken into account, which corresponds to the
GSC-solution. Hence, the LCDF-GSC encompasses the
GSC algorithm as a special case. For u = o, all empha-
sis is placed on speech leakage, W, =0, so X (k) is
equal to the output of the fixed beamformer and no
speech leakage is calculated, which corresponds to the
delay-and-sum(DS) beamformer solution.

2.4 Analysis of output SNR
Let J( ) denote the MSE in steady state of the
adaptive algorithm:
J() =y + T () (12)
where J, () is the excess MSE of the adaptation.
T = minE(|[(W, ~BW, ,,)"Y(k) =W, S,(b)] ') +

a b

ME{(W?om X(k)’} =W R,W,,
O-S() ‘ Opta(eo) ‘2 +,U/W R W =

a, opt a, opt
Wi R Wum— +P (13)
P =uW! R.W,

a, opt a, opt*

where Pg = ‘TSo A% 01ma(490
The output s1gnal—to—n01se ratio (SNR) can be
written as
SNR(k) =
E{| W(k)a(6,)S,(k) |} _
E{| W' (k) Y(k) - W'(K)a(8,)S,(k) [} +uE{(WX(K))*}
PS

W R,W,, —Ps+P +J()
such that
SNR lim SNR( k) Ps
= 11m =
LCDF-GSC Ko WqH RYWOPI _PS +PL

(14)
The output signal-to-noise ratio of DF-GSC and
GSC can be respectively written as

Py
SNR poe =g (15)
DF-GSC W:I RYW(,pt —Ps
SNR . = Ps = Ps
o8¢ _Jmin(GSC) _PS _f‘H(CHR)Zl C) 71f_PS
(16)
Since in DF-GSC, Wf; RYWOpl - P; =0, the

MMSE of DF-GSC is smaller than that of the GSC. As
a result, the output SNR of DF-GSC is higher than that
of the GSC. For u =0, Eq. (10) shows that the solution
of W, . is the same as that of DF-GSC, and so is the
output SNR of LCDF-GSC. For y =0, W, =0, X(k) is
equal to the output of the fixed beamformer, and the
output SNR corresponds to the weight W, .

3 Results

This section discusses the performance ( SNR im-
provement and speech distortion) of the LCDF-GSC
algorithm.

Segmental SNR is defined as

1 N-1

2
— ) s (n +NI)
L NZO

%2 [s(n +NI) —&n +ND]*
n=0

(17)
where L is the frame length, s(#n) is the original sig-
nal, and §(n) is the estimated signal.

Speech distortion will be analyzed by considering
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Itakura-saito distance between the speech component
of the first microphone signal and the speech compo-
nent of the considered signal. Itakura-saito distance is
defined as
o1 aR 0 o
(@) = [ Z2][ SR viog( 2] -1 18)
Oa- " Aty Qy Ty
where @, is an original clean frame of speech with lin-
ear prediction (LP) coefficient vector, and a, is the
processed speech coefficient vector. o and ai repre-
sent the all-pole gains for the processed and clean
speech frames, respectively. We have calculated this
distance with an LPC-order of 12.

The white noise from the Noisex-92 database was
used for the objective evaluation of the proposed algo-
rithm. The speech signals were four sentences taken
from two female speakers and two male speakers, re-
spectively. We compare the performance of the
LCDF-GSC algorithm with DF-GSC and the single
channel speech enhancement algorithm of the Weiner
filter. In the experiment, we choose N =4,y =0. 01 in
Eq. (10).

Fig. 5 depicts the SNR improvement in white
noise. It can be seen that the SNR improvement of
multi-channel speech enhancement is higher than that
of single-channel speech enhancement, and the SNR
improvement of DF-GSC is higher than that of LCDF-
GSC due to the introduction of speech leakage. How-
ever, from Fig. 6, it can be seen that the IS distance of
DF-GSC is higher than the proposed algorithm and
lower than that of the Wiener filter. So the proposed
algorithm has lower distortion than the other two algo-
rithms. Finally, we assume that there is a 2° differ-
ence between the estimated and the actual desired sig-
nal’s DOA"'. From Fig. 7 we can see that the mis-
match affects conventional GSC more than LCDF-
GSC in SNR improvement.

. —+— Weiner algorithm
"R\, —*— LCDF-GSC algorithm

"‘\‘ —6— DF-GSC algorithm

o

SNR improvement/dB
W

(=]

Input SNR in white noise/dB
Fig.5 SNR improvement in white noise

We adopted the MOS score to demonstrate the
informal listening test results. Everyone listened to the
four enhanced speech signals two times and gave eight
scores. The results of the average score show that the
speech enhanced by LCDF-GSC has more quality im-
provement than the other two algorithms.
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Fig.6 IS distance measurement

—+— Traditional GSC algorithm
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Fig.7 SNR improvement in white noise with mismatch

4 Conclusion

In this paper, a new LCDF-GSC algorithm has
been proposed for speech enhancement. With the in-
troduction of leakage constraints, LCDF-GSC achieves
less speech distortion than the DF-GSC algorithm and
Wiener filtering, and simulation results also show that
LCDF-GSC can maintain high SNR values even in
mismatch than the traditional GSC algorithm.
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