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ABSTRACT ondly, we examine the noise reduction performance in three the-

In this paper we present an analysis of the generalized Sidelobeoretlcally well defined noise fields (single-source coherent, com-

canceller (GSC). It can be shown that the theoretical limits of the pletely incoherent, and diffuse noise field, as agood approximation

. - of a reverberant environment [2]). Finally, results for simulated re-
noise reduction performance depend only on the auto- and cross-

spectral densities of the input signals. Furthermore, we computeverberant rooms are given.

the limits of the noise reduction performance for the theoretically

determined diffuse noise field, which is an approximation for re- 2. THEORETICAL STUDIES
verberant rooms. Our results will show that the GSC cannot reduce

noise further than 1dB. These results were verified by simulation 2-1. Structure

of reverberant environments. Only in sound-proof rooms with @ 1he generalized sidelobe canceller (GSC) consists of two parts,

reverberation time less than 100ms the GSC performs well. a fixed delay and sum beamformer and a sidelobe cancelling path
(see figure 1). For our studies we are using an open-loop frequency
1. INTRODUCTION domain implementation of the original Griffith et al. beamformer.

The (N — 1 x N) blocking matrix B is set to
Noise reduction in speech communication is still an unsolved prob-

lem in the signal processing society. The problem is that the de- 1 -1 0 --- 0
sired speech signal and the environmental noise overlap in the 0 1 -1 0
time- and in the frequency domain. One way of separating the B=1. . . . . (1)

signals is to use different spatial characteristics, but to get spatial
information we need multi microphone systems.

_ Inthe I_ast decad'es differe_nt approaches to use spatial informa—Where N is the number of microphones.
tion for noise reduction were introduced. Many of them are based

on the noise cancelling system introduced by Widrow [1]. For .

this scheme and some closely related systems theoretical studieg-2- Performance Analysis

for the noise reduction performance are given in [2, 3, 4. An- Tpe nojse reduction performance (NR) for the fixed beamformer
other closely related scheme is the generalized sidelobe cancellefg given in [2, 15]. The NR of the adaptive sidelobe path can be
(GSC) introduced by Griffith and Jim [5]. Many modern con-  gescribed as the ratio of the power spectral density (PSD) of the

cepts are derivated from this scheme [6, 7, 8]. Many authors havefiye heamformer outpuPy,y, and the output of the complete
evaluated more or less good results of the performance under dif-gysiemp; ;.

ferent conditions. In the single-source coherent noise field the

adaptive beamformer performs very well, but the performance de- Py,y, (w)

grades in rooms, due to reverberation [9]. In cars as a possible NR(w) Pzz(w)

application for hands—free devices the results differ for the re- Py, ()

ported noise reduction between four and twelve dB, as different = Y”‘;s S 2
cars were examined and different numbers of microphones were 1 - 2

used [10, 11, 12, 13, 14]. Affes and Grenier [14] reported that Priv (@) = 73 Z [Hi(w)I" - Priv;
adaptive beamformers are not the right choice for noise reduction i=0

in cars, as the GSC causes strong distortions to the desired SpeeCt\)\rherePyiyi is the PSD of one output path of the blocking matrix
due to signal cancellation effects. and|H; (w)|? is the transfer function of the adaptive filter. Accord-

In this paper we derive new formulas to predict the optimal g to Wiener theory the optimal filter coefficients, . are given

noise reduction performance in a given noise field. We will show by the cross-PSD of the beamformer outiit v, and the single
that the auto- and cross-power spectral densities between the miblocking outputPy, v )

crophones are the only information we need. For theoretical stud-
ies we will show that only the complex coherence functions be- Py,v, (w)
tween the sensors determine the noise reduction performance. Sec- Hopt = Pr.v, (w)
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Figure 1: Block diagram of a GSC in an open-loop frequency domain implementation

Equation 2 for the optimal solution results in

As a next step we describe the dependence of equation 4 in terms

(4)

of the input signals; (w). The beamformer output is given by

1 N-1
—y X ©)
7=0
and the output of one sidelobe patfigw) = X;(w) — Xi41(w).
The cross-PSPy, v, then is
1 N-1
Priv,(w) = (Xi(w) = Xina(w)) 5 ) Xj(W) (6)
j=0
1 N-1 1
= (XX G @ - Xn@) Y Xi@)
J=0 =0
1 J<i
= F(E®W@xE) + X
7=0
N-1
+ Xi(w) X (w)
J=i+1
(<=

and the PSPy, v, is given by [16]

Pyy,(w) =

| (@) P+ X1 (@) = 2R { X (0) X1 ()} (7)

whereR{-} denotes that only the real part of the complex cross-
PSD is taken into account. Equations 6 and 7 show that only the
auto- and the cross-PSD of the inputs are necessary to predict the
optimal performance.

If we assume that the PSD of the noiBg n is the same at
each sensor, we can rewrite equation 6 in terms of the complex
coherence

Px, x5 (w)

T'x,x» 8
xixa() = \/PX1X1 )Pxy x5 (w) ®
The result is:
i<t
Pyy, (w) = PN#(W)(Z (FX]-XZ- (w))* 9)
j=0
N-1
+ Z Ix,x;(w)
j=it1
<=
- Z Ix; Xz+1 )
- FXi 1Xj(w)
and the PSD#¥,y; and Py, v, are given by [16]
Py,v,(w) =2Pyn(w) (1 - R{Tx;x,,,(w)}) (10)
and ) 1
P @) = Pan(@) (5 + (1- 7)) @b
where N N1
M) = ey O O Relly(@)  (12)
i=0 j=i+1

denotes the average complex coherence function of the noise field
for all sensor pairs # 7.

Putting eqgs. 9-11 into eq. 4 shows that the noise reduction
performance depends only on the spatial coherence of the noise
field of all sensor pairs.



1

NR(w) = 3 (13)
J<i N-1 (F<=1) N-1
N—o Z (FXin (w)) + Z FXin (w) - Z (FXin+1(w)) - Z FXiJrlXj (w)
1— Z j=0 j=i+1 j=0 Jj=i+2
=1 & 2N (1= R (T @) (5 + (1 - %) T@)
2.3. Theoretical Limits 08
QO
In this section we will examine different theoretically well defined
noise fields to compute the limit of the noise reduction perfor- 0.77 _N=5 7
mance of the GSC-structure. Only the sidelobe path is taken into e
; . . 0.6+ i D NET 1
account. The noise reduction of the complete system is always the negl AN
result of the addition of the GSC part and the noise reduction of Tos LN i
the fixed beamformer. g K \
£0.4 ! 1 .
2.3.1. Coherent Noise Field x93 |4 N |
z7 1 ' .
Assuming a single noise source in the far field of the sensor array 0.2 ," ! i
the complex coherence function is given by e ‘\\ N
0.1/« , g 1
w cos(f)d 5 N G mm e
Re{l'x, x,(w = cos| ——— (14) o ‘ ‘ e =
{ 1 2( )} ( c ) OO 1 3 2

2
Frequency in kHz-»

Im{Tx,x,(w)} = —sin (%W) (15)

whered denotes the microphone distanéethe angle of arrival,
andc the speed of sound. The noise reduction performance of the
sidelobe path reaches infinity at all frequencies.

Figure 2: Noise reduction performance in a diffuse noise field for
different numbers of microphoneg & 5c¢m)

The microphone array consists of five microphones in a distance
of 5em. The white gaussian noise source was placed at 30 degrees
out of the look-direction in distances 2fsm. Figure 4 shows the

The coherence in the incoherent noise field is zero at all frequen-Noise reduction as a function of the reverberation tirge We
cies. This may be caused by sensor noise, for example. In this caséan see that the GSC has a great potential for anechoic rooms.

the noise reduction performance is zero dB at all frequencies. In contrast, for highly reverberant rooms the noise reductias is
1dB. Similar results for implemented adaptive beamformers are

. . ) given in [19]. The theoretical study of the GSC structure predicts
2.3.3. Difiuse Noise Feld exactly this behaviour. The noise reduction in the simulated noise

In a diffuse noise field the coherence is real valued only and given field at7eo = 300ms is only 1.2d B above the theoretical noise
by reduction for a perfectly diffuse noise field.

2.3.2. Incoherent Noise Field

sin “’Td)
Re{FX1X2 (w)} = " Qwd Im{FX1X2 (w)} =0 (16)

4. CONCLUSION
c

_ S _ ) S ) Noise reduction with microphone arrays is one possibility to en-
This noise field is a good approximation of noise fields in reverber- hance degraded speech. A well-known solution is the generalized
ant rooms with highly reflective walls, if the reverberation tirée ~  sjdelobe canceller. In this study we gave the theoretical limits for
is larger thar800ms and the noise sources in the room have no di- hjs structure. The results show that the GSC is capable of sup-
rect path to the microphone array. In this case the noise reductionpressing noise in anechoic rooms, but it does not work well in
performance depends only on the microphone distanead the reverberant environments. For the usage of the GSC for speech
number of microphoned/. Figures 2 and 3 show an example of = gnpancement and broadband noise reduction we recommend to
the noise reduction as function of the frequency for different dis- apajyse the noise field first to decide whether the GSC is the right
tancesi and different numbers/ of microphones. We cansee that - chojce. An overview of possible alternative algorithms and their
the noise reduction performance is alwayddB. For N = 2 the limits are given in [20, 17].
noise reduction is zero dB at all frequencies; an analysis can be

found in [17].
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