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Abstract

In this paper, an improved adaptive filtering algo-
rithm is introduced for Acoustic Echo Cangeliation (AEC)

in the Double-Talk (DT) situation, ba:::}u,(ﬁ
Detector (DTD). The proposed DTD aims to di i

between the DT situation and the Abrupt

steady-state (SS). These two detector:
tion gain of the Normalised Least Mean
algorithm so that it results in fast conyerge
there is an ACAEP and slow convergent r
DT situation. Simulation results based on
quences support these ideas.

1 Introduction —
In an Acoustic Echo Cancellation (AEC), the Doubje-Talk

(DT) situation, where the near-end. and far-end s’f)eak:

ers speak simultaneously, is a very ch‘illenging problem.

error. sfgna?,"g_grastically increased. Thus, the error sig-
_nal cannot be used as a DTD since it cannot distinguish
between these two events.

In [2], a method for DT detection is introduced,
ased on the sign of the correlation between the instan-
neous gradient estimate V(n) and an average V(n — 1)

previous estimate :
¥ 3(n) =sign[V(n) - V(n - 1)] 1)

i

(i 7h low-pass filtered version of this parameter is then

pared with a threshold in order to detect the DT sit-
uaﬂtiq. However, the performance of this method is found
to be degraded when it used in an AEC system due to
long adaptive filter, i.e. slow convergence and excessive
sen{iz;g.y_ to the DT and thus, it is unsuitable for the AEC
syst‘e&}ﬂ{ﬁcncc, another DTD is proposed in [3] based
on the projection-correlation algorithm. This technique
utilises the distinction of the trajectories of the adaptive
filter coefficients during the ACAEP and the DT situation.
The average gradient vBetor is recursively updated, then

The adaptation of the adaptive filter 1 AEC system
is severely disturbed due to the océ rence of the near-
end speech signal. This results in divergence of the adap-
tive filter from its steady-state (SS), and thus, the AEC
system fails to eliminate the echo signal. Several ap-
proaches have been proposed to tackle the DT problem by
the use of DTD. Once the DT gituation has been detécted,
these conventional DTDs, however, freéze the adaptation
of the adaptive filters in order ta prevent them from diver-
gence [4, 5, 6]. This inhibits the tracking performance of
the adaptive filter dring the DT'situition,

When there is'an abrupt change of the acoustic esho:
path (ACAEP) in theinear-end room, the fast convergent
rate of the adaptive filter is required to track the ACAEP.
On the other hand, a more noise robust and slow con-
vergent rate adaptive filtering algorithm should be chosen
in order to track small changes of the acoustic echo path
(AEP) during the DT periods [1]. It is therefore necessary
for a DT detector (DTD) to be able to distinguish between
the DT situation and the ACAEP in order to obtain appro-
priate tracking performance of the adaptive filter. For both
cases, the misadjustment of the adaptive filter, and thus the

the correlation ’mm_)instantaneous and old average
gradients are evalnate.d:r)_éfore being averaged again. An
intermediate variable using the sign of the instantaneous
correlation is introduced and its smoothed version is used
to update the adaptation gain that will be employed in
the update equation-of the Affine Projection Algorithm
(APA). This DT detection technique, however, requires
lo0 many ‘stages of averaging Without proper mathemat-
ical explanation.

It is_therefore proposed.in this”paper a DTD with
the ‘ability to distinguish. betweenthe DT situation and
the ACAEP. Fuithermore;the adaptive filtering algorithm
for the AEC system employing the proposed DTD is sug-
gested to be able to track small changes during the DT
periods, in stead of freezing the adaptation. The correla-
tion behaviour of the gradient vector is proposed as a cri-
terion for DT detection. First, a DTD based on the cross-
correlation between the gradient vector estimates at time
n and n — 1 is proposed. This parameter is employed to
indicate the directivity of the gradient vector and is there-
fore able to discriminate between the ACAEP and the DT
situation. In addition, the activity of the gradient vector,



based on the autocorrelation of the gradient vector esti-
mates at time n, is suggested to be employed together with
the directivity of the gradient vector in order to distinguish
between the DT situation and the SS. Both detectors are
employed as a criterion to control automatically the adap-
tation gain of the Normalised Least Mean Square (NLMS)
adaptive filtering algorithm in order to obtain fast rate of
convergence when there is an ACAEP, whereas slow con-
vergence rate is ensured during the DT situation.

This paper is organised as follows. Section II de-
scribes the DT scenario in an AEC system. In Section III,
the DTD based on the directivity and the activity of the
gradient vectors is given. The improved adaptation per-
formance of the NLMS algorithm with a control mech-
anism for the adaptation gain is presented in Section IV,
followed by the simulation results in Section V. Finally,
the conclusions are given in Section VI. =
_—
2 An AEC system with the DT situation

sin)y

Far-end roomo

The echo signal in a full-duplex communication $ys-
tem can be eliminated by employing an AEC system, as il-
lustrated in Fig. 1 where the AEC sysiem is applied to-
near-end room. Similarly, the echg signal in the far-end
room can also be removed by employing the AEC system
in the far-end room. By considering at the near-end room,
when there exists the near-end speech v(n) at the same
time with the far-end speech z(n), the migrophone signal
is given by
d(n) = y(n) +@(n) + w(n) )
where y(n) is the echo signal which is obtained from the
convolution betwéen the AEP in the near-end room, /i(n)
and the input signal of the AEC system,'z(n),
y(n) = h” (n)x(n) 3)
the input signal vector is given by x(n) = [z(n), z(n-
1), ..., z(n — L + 1)]7, and w(n) is the spec-
trally white background noise. The unknown AEP
in the near-end room can be characterised by a Fi-
nite Impulse Response (FIR) of length L, h(n)
[(li(n), ho(n), ... yhr(n)]T. The function of the
adaptive filter with the same length L as that of the AEP,

7

h(n) = [h(n), ha(n), ...,h(n)]7, is to identify
the unknown AEP h(n) by trying to match its output
7(n) = b7 (n)x(n) 4)

to the echo signal, y(n). Without the DT situation, when
the adaptive filter matches the AEP in the near-end room,
the error signal, which is given by

e(n) = d(n) — j(n) )

is approaching zero, and thus, the echo signal can be elim-

i}{a d. This, however, no longer holds with the inclusion
Ofé?! iear-end speech signal v(n). The significant en-
ergy.o -end speech results in low Signal-to-Noise
Rati6 (SNR). This degrades the performance of the AEC

«system, i.e- the-adaptive filter h(n) quickly diverges from

its steady-state level and the conversation is therefore dis-
turbed. Hence, it is necessary to have an efficient DTD
in order (o detect the DT situation before the divergence

f the AEC system, Furthermore, there should be an ap-

~ propriate control mechanism for the the adaptation of the

adaptive filter.

i
3. The proposed DTD

Jy considering at the trajectories of the first two coeffi-
cients of the adaptive filter with long L in an AEC system,
the effeet of an ACAEP on the trajectories is illustrated
in;fi 2(a). The sirong direction of this trajectory of the
a ‘ :' filter is shown. At point A, the estimates of the
adaiqvg:_ilter for the first two coefficients of the unknown
AEP in the near-end room is in the SS. After the occur-
rence of the ACAEP, the trajectories move consistently in
one direction towards jbint B, which is the new optimal
value of the AE?gstmgta" On the other hand, when there
is a DT situation, 'tﬁe'_@ctories of the adaptive filter do
not show any particular pattern but fluctuate around an op-
timal point C, as depicted in Fig. 2(b). This can be con-
cluded that the correlation between the coefficients of the
adaptive filter, thus the behavious of the gradient vector,
cancbe utilised to/distingtiishibetween the ACAEP and the
DT situation.

By considering at the gradient vector estimate of the
adaptive filter employed in the NLMS algorithm [7], as
given:by ;

Y(@) = x{n)e(n) ©)

this parameter approaches to zero after the adaptive fil-
ter has converged. Although there is a DT situation, this
relationaship of the gradient vector estimate V(n) is still
true since the near-end speech v(n) that contains in the
error signal is uncorrelated to the far-end speech signal
z(n). However, when there is an ACAEP, the above con-
dition does not satisfied any longer due to the correlation
of the echo signal y(n) that contained in the error signal
e(n) and the far-end speech signal z(n). It is therefore
proposed in this paper that the directivity of the gradient
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utive time, g;(n), increases. On the other hand, when
there is a DT situation, which is assumed to be after the
AEC system has converged, the gradient vector estimate
attime n and n — 1 is no longer correlated to each other.
As aresult, g, (n) stays as low as that in the SS.

Furthermore, the activity of the gradient vector es-
timate is proposed to be used together with the directiv-
ity of the gradient vector estimate, g; (n), in order to dis-
tinguish between the DT situation and the SS condition.
This second detector is based on the average of the auto-
correlation of the instantaneous gradient vector estimates
a! time n over the window length K5, as given by

| //g‘/ g2(n) = V(n) - V(n) ®)

When —v&{adaptive filter has converged, the auto-
«correlation-ga(m) is approaching minimum, this means
that there is no activity of the gradient vector. However,
this parameter increases from the steady-state level when
there exists a ncar-end speech, i.e the activity of the gradi-
nt veetoris present, Therefore, by employing the detector
2(n), the DT and the S8 situations can now be separated.

* . The control mechanisms for the adaptation gain em-
ployed in the NLMS algorithm is described as follows. In
transient period, the adaptation gain should be cho-

sen so that fast convergent rate of the adaptive filtering
algorithm is obtained. In the SS period, the adaptation
ga_iﬁ&hm‘ild be deeresead in order to avoid high misalign-
miti of the adaptive filter. During the DT period, slow
convA@ant rate of the adaptive filtering algorithm is cho-

e

sen g}};‘# small changes of the AEP, instead of freez-

ing the adaptation as in the conventional DTD methods.
The time-varying adaptation gain y(n) used in the update
equantion of the NLMS algorithm

(b |

Figure 2: Trajectories of the adaptive filter coefficients in
(a) the ACAEP situation, (b)thé DT situation:

vector estimate should be used for DT detection. This en-
sures that the proposed DTD has the ability to distinguish
the ACAEP from'the DT situation,| The directivity ‘can
be obtained from the cross-correlation between the aver-
age instantaneous gradient vector estimates at time n and
n—-1:

gi(n) = V(n) - V(n—1) ™

In addition, the average version of instantaneous gradi-
ent vector estimate over a window length K, is taken so
that the fluctuation of the gradient vector is smoothed out.
When there is an ACAEP, the AEC system cannot elimi-
nate the echo signal y(n), hence, the cross-correlation be-
tween the avearge gradient vector estimate at two consec-

MEED=he) + L) ©)

when €is a small positive constant and || - || is a Euclidean
norm of a vector, is adjusted according to the energy of
the microphone signal [8]. This time-varying adaptation
gainis defined.as

(10)

for small.constant.a+43,.and the energy-ofithe microphone
signal can be found recursively by

Py(n) = AaPi(n — 1)+ (1- )\d)dQ(n) (11

where 0 < A, < 1 is a smoothing factor.

Different situations of the AEC system can be de-
scribed as the following hypotheses, in terms of the DTD
parameters g1 (n) and ga(n).

Hy & ACAEP, ifg; (n) >0, andgz(n) > 05(12)

H, : DT, ifg1(n) < ©, andgz(n) > 0, (13)
H; : SS,ifg;(n) < ©;andgs(n) < O, (14)



The threshold ©; and ©, are for the detectors g1(n) and
g2(n); respectively. Hence, the condition for the adapta-
tion gain of the NLMS algorithm is given by

a if Hjyis chosen.

pl(n) if H, is chosen. (15)

u'n if Hjis chosen.

p(n) =

When there is an ACAEP, the adaptation gain should be
chosen as its maximum value, a. During the DT period,
the adaptation gain is variably controlled by the energy of
the microphone signal from the near-end room, 1’ (n), as
given in eq.(10). In addition, the variable adaptation gain
p' (n) is employed during the SS to compromise between
the convergent rate and the misadjustment level,

In terms of the computational complexity of the pro-
posed DTD, it is insignificant although the window length

K, and K for averaging the cross-correlation : '
auto-correlation can be long. This is becau /i
average characteristics of the cross- i

-(V(n-K;)-V(n—- K, —1)

la
auto-correlation of the gradient vector estimat: nbe .
found recursively, as given by L
1
g1(n) = 2=(81(n — 1)K;1 + (V(n)#V( -
' K , (16) |

and 4 r;: i
1 » 7
g2(n) = E(gz(n - 1)Kz +(V(n)-V —

—(V(n - K3) - V(n — K3)))

Note that K and K for each averaging can be chosen
differently. N \

79

Hl
l:r:’{/ .
A

—

s L L
150 200 250
Number of taps

"
100 300

"'i’i gure 3: The impulse response of the AEP in the near-end
room.

a conventional DTD based on the orthogonality theo-
rgmjin [4], which freezes the adaptation of the adaptive
filter during the DT period, was also compared to the pro-

ed method. This is because the DTD in [3] does not
haye any indicator to observe whether DTD is on or off.
The parameter of the adaptation gain of the NLMS algo-
n@ﬁ;‘w;!.h and without the proposed DTD was chosen to
be @ = 0.5. The threshold values of ®; = 0.23 and

O3 = 0.0006 were set.
=—— |
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4 Experimental Results
The aim of our experiments was to observe the ability to
detect the DT situation and to distinguislgl between the DT
situation and the ACAEP of the proposed DTD. The in-
put signals were white noise sequence of 15,000 samples
and a speech signal with sampling frequency 3 = 8kHz.
The unknown AEP in the near-end room was illustrated in
Fig. 3.
The adaptive filter length was chosen to be L = 256,
Performance was eyaluated from the Weight-Error. Veetor
Norm (WEVN), which is defined a§

[[h — h(n)|*

WEVN(n) = 10 = log,, R

(18)
The background noise was added to the near-end room
of 30dB SNR. The ACAEP was introduced at iteration
n = 4000. Another white noise sequence of the DT-to-
far-end-signal ratio (DTFR) of 6dB was employed as the
near-end signal between n = 8000 to n = 10000. The

NLMS algorithm was employed with and without the pro-
posed DTD for comparison. In addition, the performance

~10|

fe

-20

4
o (4)

(2.

5

)
15000

Figure'4: 'WEVN performance of the-NLMS algorithm
with and without the proposed DTD.

Itis shown in Fig. 4 that the convergence rate during
the ACAEP of the NLMS algorithm employing the pro-
posed DTD is as fast as that of the conventional NLMS
algorithm without any DTD. During the DT period, the
WEVN performance of the NLMS algorithm with the pro-
posed DTD does not diverged from its SS, as when there is
no DTD. The behaviour of the gradient vector estimates,
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Figure 5: The DTD g, (n) and g, (n).
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posed DTD and the DTD in [4] in Fig.
the DTD in [3] cannot be shown as mentio
When the DTD is on, it is represented b
off, 0 is plotted. The proposed metho
cision for the DT situation, although there
decision in the SS. This could be improv
values of threshold ©, and ©, are chosen. 1
the DTD in [4] still gives false alarm after
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i.e. no divergence. Moreover the tracking behaviour of
the adaptive filter has been illustrated.
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5 Conclusions

The proposed DTD based on the correlation behaviour of
the gradient vector estimates has been shown to be capable
of detecting and distinguishing between the ACAEP, the
DT situation and the SS, with little extra computational
complexity in evaluating the DTD. The performance of
the AEC system can be improved during the DT period,

‘ al and Elec-
tronic Engmeenng froﬂrf ‘mperial Col-
lege, London, UK., in , 2001. She is cur-
rently a lecturer at Department of Elec-
trical Engineering, Chulalongkorn Uni-
versity,“Thailand. Her research interest
includes Adaptive Signal Processing and
itslapplications for telecommunication.

Nataporn Tthisoponkul receivéd |the
B.Eng degree in Electrical and FElec-
tronic Engineering from Khonkaen Uni-
versity, Thailand, in 2001. He is
currently persuing his M.Eng degree
at the department of Electrical En-
gineering, Chulalongkorn University,
Bangkok, Thailand.




UsziagilenIneniinug

wwuans  onslanwna Aaduil 7 wﬁumﬂu w2522 fisuneidles Swmda
gassil  dhdnulundngasimnssumanitudia  augimnssumand  uminode
vouunuluilmsfinu 2540 t‘hﬁﬁmsﬁnunmnssumﬂm'ﬁmm munirngsy I
madndmnssuIii  auzdaonssumans  aminerdeveuusuluilmsiinen 2543

' @ a 4 v a a
hAnuselundngasimnssumansumiudia AMgIMINISUMans  ywiaensal

uvnoaeluilnsdnu 2544

ﬂ‘iJEl’JVlElWI?WEI’]ﬂ‘i
wammmumfmmaﬂ



	รายการอ้างอิง
	ภาคผนวก
	ประวัติผู้เขียน

