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ABSTRACT

A low cost method for detecting echo path variation is
proposed. A detection parameter is constructed by av-
eraging the coherence function between the synthetic
echo and the error signal over time and frequency. The
detection delay caused by the time averaging is ac-
counted for by setting different detection thresholds
for the rising and dropping edges of the detection pa-
rameter. Numerical examples show that the proposed
method can reliably differentiate between echo path
variation and double talk.

1. INTRODUCTION

Acoustic echo cancellers are used to suppress acous-
tic echoes [1] in modern communication systems. An
acoustic echo canceller (AEC) is generally imple-
mented by an adaptive finite impulse response (FIR)
filter as illustrated in Fig. 1. The presence of the near-
end speech makes the adaptation of the echo cancel-
lation filter problematic. A strong near-end speech
acts as a large disturbance to the adaptive filtering al-
gorithm and may cause the echo cancellation filter to
diverge [2]. It is for this reason that the update of the
echo cancellation filter should be turned off when near-
end speech is detected. An algorithm that detects the
presence of near-end speech is called a double talk de-
tector (DTD).

The common procedure of detecting double talk in-
volves the forming of a detection variable which, ide-
ally, is sensitive to the increase of near-end signal
power but insensitive to the change of echo path char-
acteristics. Forming such a detection variable is gen-
erally computationally complicated. For example, the
normalized cross-correlation method [3] requires the

use of an auxiliary filter. Alternatively, multiple de-
tection variables can be used in a fuzzy logic type of
system [1] so that detection variables that are computa-
tionally much less demanding to calculate can be used
in combination to deliver reliable detections.

In this paper, we propose an algorithm that differ-
entiates echo path variation from double talk.The de-
tection of echo path variation is done by comparing
the frequency properties of the synthetic echoŷ(n)
and the error signale(n) as indicated in Fig. 1. The
comparison is made by means of the coherence func-
tion. A time-frequency average of the estimated co-
herence function is used as the detection variable. A
method for setting the threshold against which the de-
cision statistics is compared is proposed to account for
the delay caused by the time average. Numerical ex-
amples show that the proposed algorithm can reliably
discriminate between echo path variation and double
talk.

2. DETECTION PRINCIPLES

The basic idea of an acoustic echo canceller is depicted
in Fig. 1. The microphone signald(n) consists of the
echo of the far-end signaly(n) and the near-end signal
v(n)

d(n) = y(n) + v(n). (1)

It is assumed that the echo path can be modelled by an
N tap time varying FIR filterh(n),

y(n) = hT (n)x(n) (2)

wherex(n) is aN element vector with itslth element
as

xl(n) = x(n− l) l ∈ [0, N − 1]. (3)



A synthetic echo is generated with anN tap FIR filter
ĥ(n) as

ŷ(n) = ĥT (n)x(n), (4)

and subtracted from the microphone signal. The re-
sulting error signal

e(n) = d(n)− ŷ(n) (5)

is transmitted to the far-end.
The proposed algorithm exploits the coherence

function between the synthetic echo and the error sig-
nal, defined as

γŷe(ω) =
|Sŷe(ω)|2

Sŷŷ(ω)See(ω)
(6)

whereSx1x2(ω) is the cross-spectrum of the signals
x1(n) andx2(n). The error signale(n) consists the
residual echoε(n) and the near-end signal

e(n) = ε(n) + v(n) (7)

ε(n) = y(n)− ŷ(n). (8)

Assuming thatε(n) is uncorrelated withv(n), one has

γŷe(ω) =
Sεε(ω)
See(ω)

= 1− 1

1 + Sεε(ω)
Svv(ω)

. (9)

It is seen from (9) that the coherence function
γŷe(ω) is governed by the residual echo to near-end
signal ratioSεε(ω)/Svv(ω). The properties of the co-
herence function is summarized in Table 1. The sit-
uations in which the AEC is operating are denoted
by a three digit binary number, with the first two
digits representing the activities of the far- and near-
end users (0=‘inactive’,1=‘active’) respectively and
the third digit representing the sufficiency of adap-
tation (0=‘sufficient’,1=‘insufficient’). The situations
00x (idle) and 01x (near-end single talk) can easily be
recognized by using a far-end voice activity detector.
There are existing algorithms that reliably detect the
situation 100. In this work, we use the algorithm pre-
sented in [4]. The situation 101 (echo path variation)
and 110 (double talk) can be differentiated by look-
ing at the coherence functionγŷe(ω) becauseγŷe(ω)
changes in opposite directions in these two situations.
In the situation 111 (double talk plus echo path varia-
tion) γ(ω) can change in either direction because both

Sεε(ω) and Svv(ω) increase. Nonetheless, it is rea-
sonable to expect an adaptive filtering algorithm being
capable of adapting the echo cancellation filter toward
the echo path when the residual echoε(n) is stronger
than the near-end signalv(n). Therefore, the situation
111 can be treated as 101 or 110 depending on the ratio
Sεε(ω)/Svv(ω).

Situation Sεε(ω) Svv(ω) γŷe(ω)
00x ≈ 0 ≈ 0 ?
01x ≈ 0 6= 0 ≈ 0
101 ↑ unchanged ↑
100 ≤ Svv(ω) ≥ Sεε(ω) ≤ 0.5
110 unchanged ↑ ↓
111 ↑ ↑ ?

Table 1: Properties ofγŷe(ω) in different situations.

3. ECHO PATH VARIATION DETECTION

To detect echo path variation, a detection variableξ(k)
is formed based on the estimated coherence function
γ̂ŷe(ω, k) at iterationk and compared to a threshold
Tγ . If ξ(k) ≥ Tγ , echo path variation is detected.

The detection variableξ(n) is constructed by aver-
aging the coherence estimateγ̂ŷe(ω, k) over time and
frequency as

ξ(k) = λξ(k − 1) +
1− λ

I

I−1∑
i=0

γ̂ŷe(ωi, k). (10)

The frequencies over which the coherence function is
averaged are chosen as follows. A set of frequencies
in the range300 ≤ ωfs/(2π) ≤ 1800 Hz such that
every pair of the frequencies in the set are separated
by a minimum ofWfs/(2π) Hz. The coherence func-
tion is then averaged over theI frequencies at which
the estimated error signal spectrum̂See(ω) takes itsI
largest values. The frequencies are constrained to be-
tween 300-1800 Hz because this is the frequency re-
gion where the dominating part of speech energy falls
in. The minimum separation between the frequency
samples is imposed so that the frequency samples can
be considered independent of each other. By picking
peaks of the error signal spectrum, we avoid averaging
the coherence estimate at those frequencies where the
excitation is poor.



For a well designed adaptive filtering algorithm, it
is reasonable to expect that the steady state residual
echo is slightly weaker than the near-end signal due
to the average involved in the adaptation procedure.
Therefore, a natural setting of the thresholdTγ would
be

Tγ = 0.5. (11)

However, the time average in the construction of the
detection parameter introduces a delay in the detec-
tion. At the rising edge ofξ(k), this delay slows down
the tracking of echo path variation. The detection de-
lay is particular harmful in the situation 111. Dur-
ing the near-end speech pause,Svv(ω) falls low, and
Sεε(ω) remains high because of the mismatch between
the echo cancellation filter and the echo path remains
high. The detection variableξ(k) would rise and may
exceed the threshold in this circumstance. After the
speech pause,Svv(ω) rises andξ(k) may not be able
to follow the rising fast enough. This allows the filter
to be adapted when the near-end speech signal is ac-
tually strong enough to cause divergence. To account
for the detection delay, we set two different thresholds,
one for the rising edge ofξ(k), the other for the drop-
ping edge, as

Tγ =
{

0.5− φ ξ(k) ≥ ξ(k − 1)
0.5 + ϕ ξ(k) < ξ(k − 1).

(12)

where0 < φ,ϕ ≤ 0.1. By setting the thresholds in
this way, we can advance the threshold crossing and
mitigate the ill-effects of the detection delay.

4. SIMULATION RESULTS

Numerical examples are presented in this section to
demonstrate the performance of the proposed echo
path variation detector.

The first example concerns the capability to detect
echo path variation without any near-end speech. A
male speech is broadcasted into an office. At sample
100000, the microphone is displaced by 4cm to simu-
late echo path variation. A 1024 tap adaptive filter is
used to cancel the echo. The adaptive filter is adapted
in 128 subbands everyD = 64 samples using the sub-
band robust algorithm [5]. In Fig. 2(a), the adaptation

is controlled using the angle parameter [4]

ρ(k) =

Lρ−1∑
l=0

ŷ(kD − l)d(kD − l)√
Lρ−1∑
l=0

ŷ2(kD − l)
Lρ−1∑
l=0

d2(kD − l)

, (13)

with Lρ = 64 and a thresholdTρ =
√

0.86. ξ(k)
is also calculated withI = 3, λ = 0.9. The coher-
ence function is estimated with 128 point FFT using
the Welch method. The detection variablesρ(k) and
ξ(k) are plotted. It can be seen thatρ(k) falls below the
thresholdTρ when echo path varies, and the echo can-
celler is not able to track the echo path variation. This
is confirmed by the convergence curve (dotted line) de-
picted in Fig. 2(b). The parameterξ(k), on the other
hand, rises beyond the thresholdTγ and remain above
it because the adaptation is frozen, giving clear indica-
tion of echo path variation. We update the echo cancel-
lation filter when eitherρ(k) ≥ Tρ or ξ(k) ≥ Tγ . The
result is shown in Fig. 2(b) by the solid line. It is clear
that the AEC is capable of tracking echo path variation
and this capability comes from the incorporation of the
proposed method for detecting echo path variation.

In the second example, echo path variation is intro-
duced at sample 100000 by displacing the microphone
by 4 cm as in the first example. A female speech
signal is added to the microphone signal from sam-
ple 90000 to 110000 to simulate the near-end speech.
The adaptation of the echo cancellation filter is con-
trolled as such. When bothρ(k) and ξ(k) is below
their thresholds, double talk is declared and the adap-
tation is frozen. The detection of double talk is held
for 4 iterations, i.e., the adaptation is suspended in the
immediate following 4 iterations regardless of the re-
sult of the detection. Whenξ(k) exceedsTγ , echo path
variation is detected and the echo cancellation filter is
updated. The scale factors for the robust adaptation are
updated with a forgetting factor of 0.75 in this case.
Whenξ(k) < Tγ andρ ≥ Tρ, far-end single talk is de-
tected and the echo cancellation filter is adapted. The
scale parameters are updated with a forgetting factor
0.95. The threshold settings are the same as in the
first example. The convergence curves with different
levels of near-end speech (relative to the echo level)
are depicted in Fig. 3. It can be seen from the figure
that echo path variation and double talk is properly dis-



criminated.

5. CONCLUSIONS

In this paper, we propose a method for detecting echo
path variation. In the proposed method, the detec-
tion parameter is constructed by averaging the coher-
ence function between the synthetic echo and the er-
ror signal over time and frequency. The detection de-
lay caused by the time averaging is accounted for by
setting different detection thresholds for the rising and
dropping edges of the detection parameter. It is shown
by numerical examples that the proposed method can
reliably differentiate between echo path variation and
double talk.
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Figure 1: Basic idea of acoustic echo cancellation.
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(a) Detection parameter behavior during echo path
variation.

0 2 4 6 8 10 12 14 16 18

x 10
4

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

1.1

time (× sample)

|h
op

t−
h(

n)
|/|

h op
t|

ρ only
ρ+ξ

(b) Tracking of echo path variation.

Figure 2: Tracking of echo path variation.
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Figure 3: Differentiation between echo path variation
and double talk.
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