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ABSTRACT these schemes by frequency domain blocks which are more

In this paper we present two joint acoustic echo and noiseSuitable for the problem at hand. _
cancellation schemes implemented in the frequency domain ~ The article is organized as follows. In Section 2, we
and used for hands-free communication. In several pastformulate the problem. In Section 3, we introduce the pro-
contributions equivalent time domain schemes were pro-P0sed schemes for the joint problem. In Section 4, we de-
posed. However, the frequency domain allows better con-Scribe the experimental study and in section 5 we dlspuss
vergence performance regardless of the condition numberthe results and show that both schemes suffer from disad-
of the correlation matrix of the input data, and therefore is Vantages.
more suitable for speech processing. The first joint scheme

we propose contains multi-channel acoustic echo canceller

(AEC) followed by a beamformer as a second stage (this

scheme is denoted AEC-BF). The second scheme contains o Y,y (0)
a beamformer followed by a single channel AEC as a post- || AEC BEAMFORMER ———
filter (denoted BF-AEC). Both schemes include the recently q X,
proposed transfer function generalized sidelobe canceller | | AEC
(TF-GSC) beamformer and a block-LMS AEC. The perfor-

mance of both schemes is evaluated through a series of sim- ?
ulations, using real speech recordings in both room and car (a) AEC-BF
environment, and under different types of noise signals. The X0
experimental results show that the AEC-BF scheme usually
outperforms the BF-AEC scheme.

X,

AEC

X,(1) Yo (0
(C———BEAMFORMER AEC —

1. INTRODUCTION

Man machine interaction requires acoustic interface in order

to provide full duplex hands-free communication. For bet- ?
ter speech quality it is required to reduce both acoustic echo (b) BF-AEC
and noise. The acoustic echo is due to the coupling of the
loudspeaker and microphone in hands-free communication._. . ,

While echo signals alone can be suppressed successfull;'/:'g' 1. the prpposed schemes for joint echo cancellation and
by acoustic echo canceller (AEC) and adaptive beamformer"©'S€ reduction

can reduce noise, the AEC performance impaired signifi- 2 PROBLEM FORMULATION

cantly due to the noise and the adaptive beamformer suf-

fers from the echo signal. In [1],[2] Kellermann proposed The received signal is comprised of three components, the

two generic joint schemes, multi-channel AEC followed by desired signal source, echo signal and interference signal.
a beamformer and beamformer followed by a single chan- The,-th microphone signal is

nel AEC. The blocks proposed in these schemes are imple-

mented in the time domain. The time domain is known to be @, (t) = am, (¢)*s(t)+bm (t)xu(t)+nm,(t) ; m=1,..., M
less applicable in real-life scenarios where complex acous- Q)

tic transfer functions (ATFs) relate the source and the micro- wherea,,, (t) is the impulse response of the filter relating the
phone signals. However, we propose to replace the blocks indesired speech source and theth microphonei(¢) is the




desired signal sourcé;, (t) is the impulse response of the matrix of the input data, and therefore suitable for speech.
filter relating the echo speech source andth¢h micro- Moreover, the recently proposed TF-GSC [3], is capable of
phone;u(t) is the echo signal measured at the loudspeakerdealing with complicated ATFs, mainly since it is applied in
and received by the microphone array through the acousticthe frequency domain.
path; n,,(t) is the interference signal of the-th micro- It is well known that FIR adaptive filters can be im-
phone and denotes convolution. No separate measurementplemented efficiently in the time domain as well as in the
of the noise signal and the desired signal are available. frequency domain by processing data in blocks rather than
The analysis frame duratidfi is chosen such that the processing one sample at a time. The block adaptive filter
source signal and echo signal may be considered stationhas equivalent convergence properties to those of the LMS
ary over the analysis frame. Although the ATFs change adaptive filter for stationary inputs. It has been shown in [4]
slowly in time, it may typically be considered time invariant that the time-domain block adaptive filter implemented in
over the analysis frame. Multiplying both sides of (1) by the frequency domain is equivalent to the frequency-domain
a T width window function and applying the discrete time adaptive filter, when data sectioning is done properly. In [4]

Fourier transform (DTFT) operator yields it is proven that the overlap-save scheme requires less op-
o o i erations than the overlap-add scheme and therefore we use
Xm(t,e )z Am(e‘ )S(t,e )—l—A (2) the former.
B (e?)U(t, 7)) + N (t,€?) s m=1,....M Nevertheless, when filtering is realized using multipli-

cation in the frequency domain, aliasing effect due to cyclic

The approximation is justified fofl" sufficiently large. . e i .
X (t, €7, S(t, €7, U(t, e%) and Ny (t, /) are the convolution must Eﬁ eliminated by imposing an FIR con

short time Fourier transforms (STFT) of the respective sig- straynt. Denoted as—, t.he FIR constraint mcIudeslthg fo.l'
nals. A,,(e7*) and B, (e/*) are the ATF from the local lowing three stages. First, we transform the multiplication
sour.ce an remote sgnurce to theth microphone, respec- result back to the time domain. Second, we truncate the

tively. In vector formulation equation set (2) can be written resulting impulse response to the proper order. T.h'rd’ we
as transform the resulting filter to the frequency domain.

X(t, ) = A(e?)S(t,e?)+B(e?*)U(t, /) +N(t,e’) 3.2, Transfer function GSC

where 3) The most widely used beamforming techniques are con-
strained minimum power adaptive beamforming, suggested
XT(t,e) = [ X1(t,e7%) Xo(t,e?) -+ Xp(t,e*)] by Frost [5], and in particular its generalized sidelobe can-
AT (/) = [ A1 (e7) Ag(e®) -+ Apr(ei)] celler (GSC) structure derived by Griffiths ar_1d Jlm [6]. In
— _ these algorithms it is assumed that the received signals are
B (/%) = [ Bi(e?) Ba(e?*) --- Bu(e?) ] simple delayed versions of the source signals. Neverthe-
NT(t,e7*) = [ Ni(t,e7®) Na(t,e?) -+ Np(t,e?*) ] less, in complicated acoustic environments where arbitrary

ATFs relate the source signal and the microphones, the good
interference suppression attained under this assumption is
severely degraded. The beamformer we use is the recently
proposed TF-GSC algorithm, which is a GSC solution for
We propose two schemes implemented in the frequency do_the arbitrary ATF case. In this algorithm the nonstationarity

main, namely the AEC-BF and the BF-AEC schemes. Each _characterlstlcs of the desired signal is exploited for estimat-

of the two schemes is comprised of two components: beam-mg the ATFs ratios, rather than the ATFs themselves. The

former and acoustic canceller, as depicted in Figure 1. in | F-GSC algorithm, proposed by Ganrettal. [3], is de-

this section we describe each of these components in de-pICtGd in Figure 2 and summarized in Figure 3.

tails. Note, that opposed to [2] which is implemented in the 33 A i h I
time domain, these blocks are implemented in the frequency™ ™ coustic echo cancetler

domain. The AEC receives an input signal which is comprised of
the desired signal, echo signal and noise. Using the avail-
able remote speaker signdl,(t,e’“), and an estimate of
The purpose of using filtering algorithms in the frequency echo path((t,e’), the AEC enhances the desired signal
domain is to exploit the computational advantages of per- by cancelling the echo component.

forming convolutions using FFT. Furthermore, working in The AEC in both schemes is using the block least mean
the frequency domain allows better convergence perfor-square (BLMS) algorithm. The single channel structure is
mance regardless of the condition number of the correlationsummarized in Figure 4.

3. PROPOSED SCHEMES FOR THE JOINT
PROBLEM

3.1. Frequency domain implementation



o :E M 1) ATFs ratios:H(e/+) — A1)
- wi Yot e W 2) Fixed beamformer:
Za(t, &) —=> N 0 _ 3 YFBF(t, ej‘*’) _ Wg(ejw)Z(t, ej‘*’)
Zar(t, %) —=> I R 3 W (t,elv) = %}"(eﬁ’)
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e 2t Gatr, 34 Jw) = Jw Jw
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Fig. 2. GSC solution for the general ATFs case (TF-GSC). 0 0 e 1
Three blocks: A fixed beamformd| (¢, e7); A block- 4) Output signal:
ing matrix #f(e’*); and a multi-channel noise canceller Y (t, 7)) = Yepe(t, e7¥) — G (t, eI U(t, &%)
G(t,ev). 5) Filters update, fom = 1,..., M — 1:
Gm (t + 17 er) = Grrj(t ejw) + uUm,(tI;ZJSt(l?;jig,eJ )
The estimated echo component embedded in the re-|  Gm(t+1,67%) <= Gt +1,¢7%)
ceived signalk(t, e/*) is where,
Pest, e7%) =
E(t,e’) = U(t,e*)C(t, ) (4) pPes(t — 1,7%) + (1= p) 3, [ Zm(t, €7 ?
6) keep only non-aliased samples.
whereU (t, e?*) is STFT of the remote speaker signal and
C(t,el*) is the Fourier transform of the adaptive filter at Fig. 3. TF-GSC Algorithm
frameT. The filter is updated by using the following two
stages:
o | o o | kel Gl
Jw _ JwWY __ Jw * Jw
C(t+1,e'*) = C(t, ') T o) D(t,e?\U*(t, ') -
Ot +1,67) £ C(t + 1,e7) (5) Oy WS

where o is the convergence constant)(t,e’”) =

R(t, ejwz; E(t,e?*) is STFT of the estimated desired sig-  Fig 4, Frequency domain adaptive filter structure (AEC)
nal and— is imposing the FIR constraint.

4. EXPERIMENTAL STUDY second stage (total output). The improvement in SNR us-
ing the first staged;.,...), the second stagé\(,..;), and the

Both proposed schemes are tested in a room environmengntire improvements,...;) are given in Table 1, for both
and in a car environment, which are different in size and schemes in two scenarios. In the room scenario we used
in reflection coefficients of the surfaces. Real recordings of directional white Gaussian noise. The car scenario, where
the desired speech signals are used, while the echo signaleal noise recordings are used, is depicted in Table 2. Us-
is synthesized using clean speech sentences drawn from thgyg diffused noise signal in the room environment did not
TIMIT database, and filtered by simulated ATFs [7]. Vari- change the results significantly.
ous noise sources, as will be shown in the sequel, are used
for contaminating the microphone inputs. We use two-sided 5. DISCUSSION
FIR models for all filters. In the AEC, 500 (200 for the car
scenario) coefficients are used, in the blocking filters of the Analysis of the obtained results shows that the AEC-BF
TF-GSC the total filter length was set to 181 and filters of scheme almost always outperforms the BF-AEC scheme
the interference cancellers to 251. The sampling frequencywhile comparing the entire SNR improvement. This phe-
is set to 8KHz, and the resolution to 16 bits per sample. nomenon needs further discussion. When both noise and
SNR is measured at three stages in a time frame consists oécho are present, the TF-GSC can eliminate both due to
both echo and desired signal: at the first microphone sig-its directivity. However, the performance of the follow-
nal, at the output of the first stage and at the output of theing AEC severely deteriorates due to the variation of the



Input AEC-BF BF-AEC

Atotal Ainter Aout Atotal

SNPnoise SNpecho SN Rn Ainter Aout
-4 -4 -7.2 2.5 5.7
8 -4 -4.4 8.2 7.9
20 -4 -4.1 102 | 7.5
-4 8 -4.6 0.2 55
8 8 4.8 2.4 5.2
20 8 7.6 8 -1.7
-4 20 -4.3 0 55
8 20 7.4 0.2 5.2
20 20 16.8 2 -4.5

8.2 78 | 0.2 8

16.2 | 152 | 0.3 | 155
17.7 17 04 | 174
5.7 5.6 0 5.6
7.6 71 | 01| 7.2
6.3 59 | 01 6

5.5 5.5 0 5.5
5.3 5.1 0 51
-25 | -2.8 0 -2.7

Table 1. Directional white Gaussian noise in room scenario

Input AEC-BF BF-AEC
SNRwoise SN |'-"echo SNRn Ainter Aout A'[c)tal Ainter Aout Atotal
-4 -4 2.2 5.2 2.3 7.5 3.9 3 6.9
8 -4 35 128 | 1.4 142 | 7.8 25 | 103
20 -4 3.6 151 | 0.1 | 151 | 10.1 | 0.8 | 10.9
-4 8 7.1 0.6 2.2 2.8 21 0.7 2.8
8 8 14.2 5.2 -06 | 4.7 2.7 1.4 4.2
20 8 155 | 132 | -93 3.9 24 0.6 3
-4 20 7.7 0 2.2 2.2 2.2 0 2.3
8 20 19.1 0.6 -0.7 ] -01| -05| 03| -01
20 20 26.2 53 | -121| -68 | -7.1 | 0.2 | -6.9

Table 2. Recorded noise in car scenario

echo path caused by the beamformer. On the other hand,
while the AEC precede the beamformer the degradation of
the AEC performance due to the existence of noise sig-
nals is partially compensated by the following beamformer.
Comparison between the two tables shows that for the car
noise scenario, where the noise field tends to be diffused,
the obtainable performance is lower. This is due to degra-
dation in the performance of the beamformer. It has beeny,
shown [3] that the TF-GSC performance is much better in
directional noise field. We conclude the comparison be-
tween the two schemes by stressing that the computational
burden imposed by the AEC-BF is higher due to the use of
several AEC blocks. Note, that even though the AEC-BF
scheme outperforms the BF-AEC scheme, both suffer from|[5]
disadvantages and a better solution is still due to be found.
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