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ABSTRACT

This paper deals with a delay problem in the endpoint
detection of double-talk detection algorithm in the acoustic echo
canceller. In case that past power is much bigger than current
power like at the end of double-talking period, the power
estimated using forgetting factor decreases slowly to cause the
delay problem in the endpoint detection. In this paper two
methods are proposed to solve this problem. One is replacing
the current power periodically by a new average power, and the
other is removing the past power term in a recursive equation
or replacing it by other values. The simulation results show that
proposed methods outperform conventional method in the
endpoint detection of double-talking periods without increasing
the computational burden much more.

1. INTRODUCTION

An adaptive echo canceller (AEC)[1] updates the tap
coefficients of an adaptive filter to model echo path using an
error signal e(k) as shown in Fig. 1. If the tap coefficients are
updated during the double-talking situation, which means that
microphone input signal includes both near-end talker signal and
echo signal, they can fluctuate greatly or diverge to misestimate
the impulse response of echo path. Hence AEC should stop the
filter adaptation during the double-talking period. So far many
double-talk detection algorithms have been proposed, and they
can be divided into three categories. The first is the method
based on the energy comparison of input signals[2] and the
second is the method of comparing the linear prediction
coefficient of microphone input signal and far-end signal[3]. The
third is the method of using the cross-correlation coefficient of
far-end signal and error signal[4]. The final method of them is
the first approach of using correlation for double-talk detection
but it is computational extensive. Hence these days the method
of using cross-correlation of microphone input signal and error
signal is frequently used because its computational burden is
low and detection performance is high[5]. When we use the
correlation for double-talk detection, we need to calculate the
power which is used to calculate the correlation coefficient.
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Usually the power is estimated recursively using a forgetting
factor to reduce required memory space and computational load.
In that case, past power affects the estimation of current power.
Especially, when past power is much bigger than current power
like at the end of double-talking period, the power estimated
by recursive equation decreases slowly under the influence of
past big power and it causes the delay problem in the endpoint
detection. In this paper two methods are proposed to solve the
delay problem in the endpoint detection. One is replacing the
current power periodically by a new average power, and the
other is removing the past power term in a recursive equation
or replacing it by other values.

This paper is organized as follows. The double-talk detection
algorithms and the delay problem in the endpoint detection are
explained in the following section, and the methods to solve
this problem are proposed in next section. Then we show the
experimental results and the performance of proposed methods
comparing with that of the conventional method. Finally
conclusion is given in the last section.

2. DOUBLE-TALK DETECTION ALGORITHM AND DELAY
PROBLEM IN THE ENDPOINT DETECTION

Fig. 1 shows the basic structure of an adaptive acoustic echo
canceller. The far-end signal x(k) enters microphone through
echo path and it makes the acoustic echo. The adaptive filter

estimates an echo replica y( %) and subtracts it from the echo
signal y(k) so that the echo is cancelled. An NLMS(Normalized
Least Mean Square) algorithm is usually used for adaptation
because of its simplicity and good performance. The tap
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Fig. 1. The structure of adaptive echo canceller



coefficients of an adaptive filter are computed by Eq. (1)[6].
If the microphone input signal z(k) consists of an echo signal

only, the echo replica (%) converges to y(k) as the tap
coefficients are updated recursively using Eq. (1). But if
microphone input signal includes near-end talker signal as well
as an echo signal, the error signal grows so big that the variation
of the coefficients increases or diverges. It makes the adaptive
filter to misestimate the echo signal. To prevent this, the AEC
needs a double-talk detector that detects whether a near-end
talker signal exists or not.

As we mentioned in the previous section, the method of using
cross-correlation of microphone input signal and error signal is
frequently used for double-talk detection these days. It uses the
orthogonal principle, that is, in the state of converging, the
correlation value between input signal and error signal becomes
nearly zero if the error signal consists of only residual echo
signal, but close to one if it contains near-end talker signal. Then
double-talk detector can determine whether near-end talker
signal exists or not by comparing the correlation with an
appropriate threshold.
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The cross-correlation coefficient, used as a detection
parameter of near-end talker signal, is calculated by Eq. (2)
where o” 4 Mmeans the correlation between input signal and
error signal. o 4 and 0'22 are the power of microphone input

signal and error signal, respectively. The powers are calculated
recursively by Eq. (3), (4), and (5) with a forgetting factor ¢.
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It is useful to estimate the current power using Eq. (3), (4),
(5) as long as the power of a signal does not change abruptly.
But if we estimate the current power recursively like at the end
of double-talking period, where past power is much bigger than
current power, the estimated current power decreases slowly and
it causes the power misestimation. This is due to the fact that
the past power becomes the dominant component in the current
power estimation if past power is very large compared with
current power. Therefore the correlation coefficient calculated
by these powers decreases slowly and it causes the delay
problem in the endpoint detection of double-talking period. The
delay problem is not important if echo path does not change
during double-talking period or after. But it could be important

to quickly detect the endpoint in case that echo path changes
frequently like in the mobile communication.

3. PROPOSED DOUBLE-TALK DETECTION ALGORITHMS

As we explained in the previous section, the power
misestimation problem in the endpoint of double-talking period
is due to the fact that the estimated current power reflects
continuously the old past power. Therefore, to solve this
problem, the old past power must be removed and the latest
power must be reflected greatly to estimate the current power.
For this, two methods are proposed in this paper. One is that
the current power is periodically replaced by a new average
power and the other is that the past power in a recursive equation
is periodically removed or replaced by other values.

3.1. Method of using a new average power

We can remove periodically the past big power by replacing
the current power with a new average power at regular intervals
during double-talking period. The flowchart of this algorithm
is shown in Fig. 2.
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Fig. 2. Flowchart of the proposed method
using a new average power

During double-talking period, the power of an input signal
d(n) is calculated and accumulated to P_sum at every samples.
At regular interval M, P_sum is divided by M and the current
power is replaced by the new average power P_sum. In the rest
of double-talk period, it is calculated by a recursive equation.

3.2. Methods of removing or replacing the past power

Recursive equations given in Eq. (3), (4), and (5) can be rewritten
in the form of Eq. (6), where o &, denotes the estimated power at
past sample f, and A4 & 4 15 the average power between /£j + 1
and /.

&y =(1—a) 4y + ax’y
:(l_ﬂl)k_ko O—Zko + Aazkok (6)



As the k—/Fky, in Eq. (6) increases, the weight value
(1—a k=t approaches zero so that o s, affects little to
estimate ¢, But if O'Zko is so big that (1 — @) =k O'Zko is
bigger than A & 4k - the estimated current power o » depends

on ¢°, mostly. Therefore the estimated current power cannot
ko y p

decrease rapidly and it causes the delay problem in endpoint
detection. We solved this problem by removing the big value

o &, OF Teplacing it by other values. In this paper, three values

for replacing o &, are proposed and investigated. If we define

2 2

0", as a new value for replacing o k> and  o'“, as the

newly calculated value for o > then Eq. (6) can be represented
as Eq. (7).

Fh=(1—a)"" o + A, ™

0
(1) Case I: o"zko =0

In this case the current power is estimated only by the samples
between £k and % neglecting the power for the samples before

k;- It is possible to estimate the current power using only the
samples between f, and % if k— k&, is long enough. From
Eq. (6), 4 o 4k Can be represented as

AP = — 01— " & ®)

Substituting o> & = 0 and Eq. (8) into Eq. (7), we obtain o
as given in Eq. (9).

ol = — 01— & ©)

(2) Case IM: 6%, = 40 4

In the previous case we could reduce the influence of the
past big power by using only A o e Dut in that case the

estimated current power depends on only A o e SO the

estimated power may change abruptly. Thus it needs to estimate
smoothly and naturally the current power as adding an

appropriate past power. First we uses 4 o 4, @S an appropriate
value for o' 4, Substituting o'’ o= 4 o & and Eq. (8) into

Eq. (7), we obtain ¢'%, as follows.
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(3) Case M: o2, = &%
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Similarly we use ¢'“, as an appropriate value for ¢'%, to
smooth the estimated power with reducing the influence of the
past big power. Substituting ¢’ 2 P o'?, and Eq. (8) into Eq.

(7), we obtain &%, as given in Eq. (11).
ol = oo = 1=0) - GZko (11)
k 1 — (1—g "

The previous three cases show that the Eq. (9), (10), and (11)
can remove the power for the samples before k%, Hence we

can reduce periodically the influence of the past big power by
using one of Eq. (9), (10), and (11) at regular intervals k— /&,
where 2— &, is long enough for 4 o 4 L0 Teflect the current

power well. The flowchart of this algorithm is shown in Fig.
3 and M denotes the value of k— k.
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Fig. 3. Flowchart of the proposed method with
removing or replacing the past power

4. EXPERIMENTAL RESULTS

In this section, we evaluated the performance of the
proposed endpoint detection algorithms compared with
conventional methods. We used the NLMS as an adaptation
algorithm and the number of the tap was 256. Adaptation
constant g is 0.3 and forgetting factor @ is 0.0039 which
is the reciprocal of 256.

We set the threshold of correlation coefficient for double-talk
detection to be 0.7. Fig. 4 shows the microphone input signal
which contains echo signal with near-end talker signal. The
near-end talker signal exists between sample 7000 and 11500.
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Fig. 4. Microphone input signal with echoes



We define the methods used in experiment as follows:

: Conventional method using recursive equation only.
: The proposed method of using a new average power.

. The case of o2 &= 0 in the secondly proposed method.

o aw >

: The case of o2 e =4 o e 0 the secondly proposed
method.
E : Thecase of o2 W= O 2, in the secondly proposed method.

In Fig. 5, the correlation value starts to decrease slowly at
the sample 11500, which is the real endpoint of double-talking
period, and meets the threshold at about 13000. Hence the
double-talk detector decides 13000 as the endpoint but it is
delayed about 1500. Fig. 6, however, shows that the correlation
values decreases abruptly in the neighborhood of 11500. The
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Fig. 5. Trajectory of cross-correlation coefficient
for method A
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Fig. 6. Trajectories of cross-correlation coefficient
for methods B, C, D, E
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Fig. 7. Result of the double-talk detection
for method A
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Fig. 8. Results of the double-talk detection
for methods B, C, D, E

detection results displayed in Fig. 7 and 8 also show that the
detection point by the proposed methods outperforms the
conventional method. The proposed methods do not increase the
computational burden much more because it is possible to
implement it as adding the simple operation in conventional
method.

5. CONCLUSION

The power estimated recursively decreases slowly at the end
of double-talking period, where the past power is much bigger
than current power, and it causes the delay problem in the
endpoint detection. To solve this problem, we proposed two
methods in this paper. One is that the current power is
periodically replaced by a new average power and the other is
that the past power in recursive equation is periodically removed
or replaced by other values. The computer simulation verified
that proposed methods outperform conventional method in the
endpoint detection of double-talking periods without increasing
the computational burden much more.
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