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ABSTRACT

This paper presents a common framework for subband dou-
bletalk detectors. Within this framework a number of low-
complexity subband doubletalk detectors are evaluated in
comparison with a corresponding fullband detector. The
evaluation is performed by using real-data off-line calcula-
tions. The evaluation indicates that the subband approach
significantly improves the performance.
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1. INTRODUCTION

Hands-free operation is desirable in many different situa-
tions and in relation to many products, e.g. car phones, video-
conference systems, conference phones, etc. In hands-free
systems acoustic echoes inevitably arise. Acoustic echoes
arise when the far-end speech signal produced by the loud-
speaker is picked up by the microphone and transmitted
back to the far-end talker [1]. Acoustic echoes are, in gen-
eral, considered quite annoying. The effect of acoustic echoes
can be reduced by the use of an Acoustic Echo Canceler
(AEC) [1]-[3]. The performance of an AEC is linked to
the estimation of certain parameters, such as speech activity,
acoustic coupling between the loudspeaker and the micro-
phone, etc [4]. The detection of speech activity, in particu-
lar doubletalk detection, constitutes a crucial task for most
AEC systems. Several doubletalk detectors have been pro-
posed, e.g. the Giegel detector [5], cross-correlation and co-
herence based detectors [6]- [8], and detectors using power
comparison or cepstral techniques [4].

The use of subband or frequency domain based DTDs
have been proposed earlier [8]-[10]. This paper proposes a
general approach to subband DTDs. The approach is used to
evaluate a low-complexity fullband detector in comparison
with subband versions.
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Fig. 1. The AEC and its environment.

2. THE DOUBLETALK DETECTION PROBLEM

An AEC consists of an adaptive filter and an adaptive filter
update algorithm, see Fig. 1. Commonly used update algo-
rithms are: the Normalized Least Mean Squares (NLMS),
the Recursive Least Squares (RLS), and the Affine Projec-
tion Algorithm (APA) [2]. The far-end signal x(k) and
the microphone signal y(k) are input signals to the AEC,
(k is the sample index). The microphone signal y(k) con-
sists of the acoustic echo a(k), the near-end speech signal
s(k), and the near-end background noise n(k), see Fig. 1.
The acoustic echo a(k) results from a filtering of the far-
end signal x(k) by the Loudspeaker-Enclosure-Microphone
(LEM) system [1].

Internally calculated signals are: the estimated echo sig-
nal, â(k), and the error signal, e(k), i.e. the near-end line-
out signal. The purpose of the AEC is to adapt the adap-
tive filter in such a manner that â(k) = a(k), yielding an
echo free signal e(k). In the AEC, the signal e(k) is used
as a feed-back input to the update algorithm. If a near-end
speech signal s(k) exists, the adaptive filter encounter con-
vergence difficulties, and thus an increased portion of the
acoustic echo will be transferred back to the far-end talkers.



If the far-end signal x(k) is not present, there is no acoustic
echo a(k), and thus adaptation should not be done. De-
tecting the presence of the far-end signal x(k) is quite easy
since this signal is directly accessible. Therefore, it is the
detection of doubletalk that is crucial, i.e. the detection of
simultaneous activity in the x(k) and s(k) signals. The pur-
pose of the DTD is to halt the update of the adaptive filter
in situations of doubletalk.

3. DOUBLETALK DETECTION

Many proposed DTDs are single parameter detection DTDs.
These detectors produce a detection parameter ξ(k), which
is a function of the input signals x(k) and y(k). The detec-
tion parameter ξ(k) is compared with a threshold T ; dou-
bletalk is declared if ξ(k) > T . Commonly a hold feature is
used, i.e. if doubletalk is declared for a sample, the detector
continues to declare doubletalk for the next Nhold samples,
no matter the value of ξ(k).

Examples of single parameter detectors are: the short-
term normalized correlation algorithm [4], the Geigel de-
tector [5], the cross-correlation detector [6], and the nor-
malized correlation algorithm [7].

4. SUBBAND DOUBLETALK DETECTION

Subband doubletalk detection can be performed by divid-
ing the input signals x(k) and y(k) into several subband
signals, xsub(k) = [x0(k), · · · , xN−1(k)] and ysub(k) =
[y0(k), · · · , yN−1(k)], where N is the number of subbands.
For every subband a detection parameter is calculated, re-
sulting in N parameters ξsub(k) = [ξ0(k), · · · , ξN−1(k)] .
These subband parameters can be individually modified by
a function g(·), such as a limiter, operating on each subband

g(ξsub(k)) = [g(ξ0(k)), · · · , g(ξN−1(k))]. (1)

The modified subbands are combined into one single detec-
tion parameter ξ(k) by a combination function f(·), i.e.

ξ(k) = f(g(ξsub)) (2)

This combined parameter ξ(k) is then compared to a thresh-
old.

5. COMBINATION FUNCTIONS

In this section, three combination functions are proposed.
These functions can be seen as generalizations of earlier
proposed combination functions, e.g. [9], [10]. The pro-
posed functions in this paper are based on the L1, L2, and
L∞ norms, yielding three detection parameters ξL1(k), ξL2(k)

and ξL∞(k) defined as

ξL1(k) =
N−1∑
i=0

g(ξi(k)) (3)

ξL2(k) =
N−1∑
i=0

g(ξ2
i (k)) (4)

ξL∞(k) = maxi(g(ξi(k))) (5)

where i denotes the subband index.

6. IMPLEMENTED DTDS

Three different subband DTD:s were implemented, denoted
DTDL1 , DTDL2 , DTDL∞ corresponding to the three com-
bination functions presented in section 5. Further, a fullband
version, DTDfull, was implemented in order to serve as a
reference. The detection parameter used in all three DTDs
is calculated by using a low-complexity method given by

ξi(k) =
yi(k)

max{xi(k), · · · , xi(k − Nx)} , (6)

where Nx is a positive integer constant, and xi(x) and yi(k)
are smoothed magnitudes given by

xi(k) = (1 − γ)xi(k) + γ|x(k)| (7)

yi(k) = (1 − γ)yi(k) + γ|y(k)| (8)

where γ is a forgetting factor constant. The low-complexity
is achieved by implementing the max function in equation
(6) as a ”running” max. (The fullband detection parameter
is calculated in a corresponding manner).

The performance of a fullband version of the type of
DTD presented in equations (6)-(8) are generally consid-
ered inadequate [11]. This paper investigates the extent to
which a low-complexity detector, such as the one defined in
equations (6)-(8), can be improved by a subband approach.

The presence of a far-end speech signal is detected us-
ing the smoothed magnitude of the full-band far-end signal
x(k)

x(n + 1) = (1 − γ2)x(k) + γ2|x(k)|. (9)

where γ2 is another forgetting factor. Far-end speech is con-
sidered present when x(n) > Tx , where Tx is a threshold.

The subband filtering is performed by a uniform finite
impulse response (FIR) filter bank consisting of N sub-
bands, and all subband signals are downsampled with a fac-
tor Ndown using polyphase filtering [12]. Each filter has a
filter order of NFIR. The filter coefficients were obtained
by using the Remez algorithm [13]. This implementation
of the filterbank might not be computationally optimal, but
was chosen since it is a well know filter design procedure.

Due to the large number of calculations performed in the
evaluation, the DTDs were implemented on a digital signal
processor [14].



7. MODIFICATION FUNCTIONS

In this paper, three different modification functions are eval-
uated denoted, g1(·), g2(·), g3(·), defined by

g1(ξi(k)) = ξi(k) (10)

g2(ξi(k)) =
yi(k)ξi(k)∑N

i=0 yi(k)
(11)

g3(ξi(k)) =
{

ξi(k) if yi(k) > Ty

0 otherwise,
(12)

where Ty is a constant threshold.
The function g1(·) implies that no modification of the

subband detection parameters is performed. A low level
of yi(k) implies that the subband i mainly contains back-
ground noise, i.e. neither acoustic echo nor near-end speech
are present in band i. The functions g2(·) and g3(·) are used
to reduce the influence of such noisy subbands.

The function g2(·) implies that each band i is weighted
with the smoothed magnitude of the near-end signal y i(k).
This function, together with the combination function in
equation (3), is practically the same combination function
as proposed in [10]. The function g3(·), implies that if a
band i contains only low energy noise, i.e. if y i(k) < Ty ,
then that band is discarded, otherwise the band is used.

8. EVALUATION METHOD

The objective evaluation proposed in [11] is used. This
method does not sufficiently evaluate the performance of
the DTD in echo path change situations, i.e. in situations
where the transfer characteristics of the LEM change [15].
However, for the purpose of this paper, i.e. to evaluate the
improvement of doubletalk detection capability, the method
is suitable.

The evaluation method is inspired by Receiver Operat-
ing Characteristics (ROC). The characteristics used are the
probability of a false alarm, Pf , i.e. declaring doubletalk
when doubletalk is not present, and the probability of a
miss, Pm, i.e. not declaring doubletalk when doubletalk in
fact is present. The procedure is as follows: for a specific
preset Pf value we compute the value of Pm for a number
of different levels of the Near-end speech to Acoustic echo
power Ratio (NAR). This measure is defined as

NAR =
σ2

s

σ2
a

, (13)

where σs and σa are the variance of the near-end speech sig-
nal, s(k), and the acoustic echo, a(k), respectively. Thus, a
plot of Pm vs. NAR is obtained for a specified value of Pf .
From these plots visual inspection is used to judge the DTD
performance. In this paper, Pf is set to Pf = 0.1, for details
see [11].

Nhold 500 Tx 0.015 γ 0.0625
N 16 Ndown 8 Ty 0.005
Nx 600 NFIR 64 γ2 0.001

Table 1. Parameter values of the implemented DTDs

The method proposed in [11] simulates the LEM using
a FIR model of a real system. When evaluating the DTDs
in this paper, off-line calculations using a real LEM system
are used.

9. RESULTS

In this section, the results of the evaluations are shown.
All results shown are obtained by off-line calculations us-
ing real data. The distance between the microphone and
the loudspeaker was 10 cm and the background noise was
estimated to 26 dB below the acoustic echo. All settings
of different parameters are given in Table 1. Care must be
taken in parameter setting. A fair basic default setting is
given in Table 1. Since the algorithms are implemented on
a fix-point processor [14], all input signals are scaled to be
in the range [-1, 1]. Further, all signals are in 8kHz sam-
pling rate. The parameter settings in Table 1 should thus be
considered in relation to this range and the sampling rate.

The result of the evaluation using modification function
g1(·), i.e. no modification, is shown in Fig.2, upper plot. It
can be seen that the subband approach yields a better per-
formance for low values of NAR, while for high values the
fullband DTD has the best performance. For low values
of NAR, the near-end speech signal s(k) is at such a low
level, as compared to the acoustic echo a(k), that it is in
practice undetectable by the fullband detector. However,
for certain subbands the near-end speech signal can be de-
tected. Hence, the better performance of the subband DTDs
for low NARs. Subbands that contain only noise, i.e. nei-
ther near-end speech nor acoustic echoes, contribute neg-
atively to the performance. Since the estimate parameter
is obtained through a division, see equation (6), the impact
of noisy subbands can be significant. When the NAR in-
creases, the fullband DTD performance is improved. How-
ever, the negative impact on the subband DTDs from sub-
bands containing only background noise remains, thereof
the better performance of the fullband DTDs for high NARs.

In Fig.2, the middle and lower plots, the result when
using modification functions g2(·), g3(·) are shown. The
function g3(·) seems to be better. The best performing sub-
band DTD, i.e. DTDL∞ in the lower plot, is for NARs from
-10dB to 5dB about twice as good as the fullband DTD. This
increase in performance indicates that a subband approach
can make low-complexity DTDs sufficiently efficient to be
used in AEC applications. These observations confirm the
results indicated earlier in [9].



Fig. 2. Results of evaluations in form of Pm vs. NAR, i.e.
the probability of a miss vs. the near-end speech to acoustic
echo ratio.

10. CONCLUSION

In this paper, a general DTD framework was presented for
a class of subband DTDs. The subband DTDs were imple-
mented on a fix-point processor and evaluated through off-
line calculations. The importance of reducing the impact
of noise from subbands containing neither acoustic echo
nor near-end speech was demonstrated. The evaluation of
the subband DTDs, in comparison with their corresponding
fullband version, demonstrated that a subband approach can
increase the performance of low-complexity DTDs, in order
to make them interesting candidates for AEC systems.
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