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Double-talk Robust Acoustic Echo Cancellation for
CD-quality Hands-free Videoconferencing System

Masahiro Fukui, Member, IEEE, Suehiro Shimauchi, Member, IEEE, Yusuke Hioka, Senior Member, IEEE,
Akira Nakagawa, and Yoichi Haneda, Senior Member, IEEE

Abstract — A novel monaural acoustic echo cancellation
method developed for a 20-kHz wideband hands-free video-
or teleconferencing system is presented. The method can
effectively reduce undesired acoustic echo included in a signal
arriving at a microphone from a loudspeaker and can
emphasize the target talker’s voice when near-end and far-
end talkers speak simultaneously (i.e. double-talk). The
method estimates a power frequency response of an acoustic
echo path between a loudspeaker and microphone (acoustic
coupling level) whether or not double-talk has occurred, then
calculates a post-filter that effectively reduces the undesired
echo. In the echo cancellation processing, the calculation
complexity is reduced to make the processing suitable for
real-time implementation by using a low-complexity subband
approach that employs a new subband filtering algorithm.
Experiments were conducted to examine the performance of
the proposed method. The results indicated that the proposed
method delivered natural-sounding near-end speech even
during double-talk periods while sufficiently suppressing the
undesired echo’.

Index Terms — Acoustic echo canceller, acoustic coupling
level, Wiener filtering, short-time spectral amplitude, double-talk,
hands-free.

I. INTRODUCTION

An acoustic echo canceller (AEC) [1]-[3] is one of the key
technologies for achieving hands-free telecommunication such
as in video conferencing systems [4], [5]. It prevents
detrimental acoustic echo and howling, which often occur in
such hands-free systems, and emphasizes the desired talker’s
voice when near-end and far-end talkers speak simultaneously
(double-talk).

In high-quality videoconferencing systems that have been
introduced in recent years [4], the frequency band of the audio
signal is supported up to compact disc (CD)-quality, i.e. 20-
kHz wideband. Because of its high-fidelity quality, the AEC
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must also maintain the high sound quality that these systems
provide to users.

Various conventional echo cancellation techniques have
been developed [6]-[11]. The AEC consisting of an adaptive
filter (ADF) [7], [8] combined with echo reduction (ER) [9]-
[11], has frequently been applied to practical products because
of its promising performance. The ADF estimates and cancels
out the acoustic echo by adaptively identifying an unknown
acoustic echo path. However, some residual echo still remains
in its output (error signal) because in practice, there are
limitations on the calculation and memory capacities required
to accurately calculate the echo path, which frequently
changes in practical environments. ER is therefore used as a
non-linear post-filter that reduces the residual echo included in
the error signal. The ER estimates the power spectrum of
residual echo using the squared amplitude frequency response
of the acoustic coupling (acoustic coupling level: ACL), and
then calculates the post-filter that reduces the residual echoes.

The combination of the ADF and ER delivers reasonable
performance for a narrowband teleconferencing system that
limits audio frequencies to the range of 300 Hz to 3.4 kHz.
However, two problems arise when the method is used in CD-
quality wideband systems: i) the sound of a near-end talker’s
voice (near-end speech) is sometimes muffled in high
frequency ranges during double-talk periods because of the
incomplete  ER process caused by low-accuracy ACL
estimation, and ii) the amount of computation for the ADF
increases exponentially as the sampling frequency becomes
higher.

One of the objectives of this study was to improve the
estimation accuracy of the ACL and to eliminate the muffled
sound of near-end speech after applying ER. Another
objective was to reduce the computational complexity of the
whole process including the ADF in order to realize real-time
implementation. To solve the first problem, this paper
addresses the accuracy improvement of the ACL estimation by
focusing on the assumption that echo and near-end speech are
statistically independent not only in a time axial direction but
also in a frequency axial direction. This is based on an
algorithm similar to that of a previous technique [12], but
different in that the target is 20-kHz wideband. Then, to
improve the computational efficiency, this paper employs a
low-complexity subband approach with a new subband
filtering algorithm in the AEC. The fast Fourier transform
(FFT) length of the new algorithm is shorter than the FFT
length used in conventional subband filtering because up-and-
down sampling is performed in the frequency domain. This
paper evaluated the performance of the proposed method by



implementing it using an AEC-unit prototype that has a digital
signal processor (DSP) board. Experimental results using the
prototype showed that the proposed method delivered more
natural sounding near-end speech compared to that of a
conventional method, while sufficiently reducing the residual
echo.

The rest of this paper is organized as follows. Sec. 2

presents the video conferencing system with an AEC unit. Sec.

3 describes the ordinary ER and the proposed ACL estimation
method. The real-time implementation is introduced in Sec. 4.
Experimental results using the AEC-unit prototype are
described in Sec. 5, and this paper is concluded with remarks
in Sec. 6.

Il. VIDEOCONFERENCING SYSTEM WITH AEC UNIT

Fig. 1 shows a videoconferencing system with an AEC unit;
the flow of the audio signal processing of the AEC is
illustrated in Fig. 2. The signal received from the far-end is
played back through the loudspeaker, which is added as the
undesired acoustic echo to the near-end speech observed by
the microphone. The AEC generally removes such echo
components from the microphone signal in order to transmit
only the near-end speech to the far-end.

I1l. IMPROVEMENT OF DOUBLE-TALK PERFORMANCE

The problem of near-end speech degradation is mainly
caused by the low estimation accuracy of the ACL used in the
ER. The conventional ACL estimation method [11] sometimes
over-estimates the ACL when near- and far-end speeches exist
simultaneously; also  known as double-talk. The
overestimation causes near-end speech in double-talk being
muffled after ER is applied. To solve this problem, this paper
proposes a new ACL estimation method that can accurately
estimate the ACL even during double-talk periods. The
ordinary ER process and the proposed double-talk-robust
ACL estimation method are described in the remainder of this
section.

The ER is a popular frequency-domain post-filter based on
a short-time spectral amplitude (STSA) estimation [13]; it
estimates residual echo levels and suppresses the residual echo
using multiplicative gains. A block diagram of the AEC,
which shows how the ER can be performed with the proposed
method, is shown in Fig. 3.

The AEC receives the signal X(n) from the far-end at a

discrete time index n. This signal is picked up as an acoustic
echo signal by the microphone after passing through the room
echo path that has an impulse response modeled as

h(n) =[h.(n),...,h_(n)]", where L is the effective length

of the impulse response and T is the transposition,
respectively.  Given the reference input  vector,

x(n) =[x(n),...,x(n=L+1)]", and the adaptive filter
vector, W(n) =[w,(n),...,w, (n)]", the output signal of
ADF, y(n), can be written in terms of the reference input
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Fig. 1. Left: hands-free video conference system; Right: prototype of
acoustic echo canceller unit.
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Fig. 2. Flow of acoustic echo cancellation.

vector, X(n)T, which is convoluted by the impulse response
between reference and ADF output signals (residual echo
path), h'(n) =[h',(n),...,h", (N)]", including the near-end
speech signal s(n) as

y(n) =d(n)+s(n),
= X" (N){h(n) =w(n -1} +s(n),
=x"(n)h'(n) +s(n). 1)

The short-time Fourier transform of y(N) is represented as
follows:

Yi(@) = D;(0) + S, (@), (2)

where @ is a discrete frequency index, i is a discrete frame
index, and D, (@) and S,(w) are the short-time Fourier

transforms of d(n) and S(n), respectively. The output of
the ER is expressed as

S, (@) =G, ()Y, (o), (3)

where S, (@) is the short-time Fourier transform of
transmitted signal §(n) , i.e. the estimate of S;(w) . Here,

G, () is the echo-reduction gain that is calculated according
to the Wiener filtering method [14] obtained by
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where | D, (@) | is the estimate of the residual echo level

| D, () |?. Here, | D, (@) |? is calculated as
| D, (@) IP=| H; (@) | X, (o) [, (5)

where | H (@) |? is the estimate of ACL | H, (@) |*, which
is the power spectrum of h'(n), and | X, (@) |* is the power

spectrum of X(n).

The proposed method assumes that the ideal estimation of
ACL can be defined by the following equation:

E[l D, () ']

R @= g @

(6)

where E[] is the ensemble average. Equation (6) cannot be

directly calculated during double-talk periods, so the proposed
method obtains an estimate of ACL using the following
equation:

) S ENX @+ Y(@+1)]
| Hi (@) P=| = .
D ENX (@+1)[]

r=-R,

where R, indicates the number of frequency bins required

for calculating the correlation between X, (@) and Y;(®) in

a frequency axial direction. Equation (7) is a new simplified
equation for the previously proposed technique [12]. In Eg.
(7), all the complex number operations are approximately

replaced with real number operations.

If the reference and near-end speech signals are
uncorrelated, the near-end speech component can be removed
by calculating the amplitude correlation between both signals,
and Eq. (7) is then approximated to the following equation:

|H, (o)

%,E[I Xi(@+1)[|Di(w+r1)+S(@+1)]

r--R,

S E[ X, (@+1) ]

r=—-R,
2

S E[ X, (@+1) [ Dy(@+1) ]

r=-R,

S E[ X, (@+1)[]

r=-R,
R[L)
2 ElD(@+n)F]
- =R,

~ . ®
2 El X (@+n)[]

r=—-R,

This means the ER is able to directly estimate the ACL even
during double-talk periods.

IV. REAL-TIME IMPLEMENTATION

Because a large delay seriously obstructs bidirectional
communication, the AEC should run on a real-time basis. For
real-time implementation in 20-kHz wideband system, this
paper proposes a cost-effective AEC algorithm achieved using
a subband approach with low-complexity subband filtering.
The specifications, subband approach, and the proposed
subband filtering algorithm are described in this section.

A. Specifications

The proposed AEC algorithm was utilized for a hands-free
voice communication unit. A circuit board of the unit is
shown in Fig. 4, and the specifications are listed in Table I.

The AEC was implemented on a single fixed-point DSP
chip. The sampling frequency of the A/D or D/A converters is
48 kHz. Its frequency range is from 100 Hz to 20 kHz, which
corresponds to the frequency range of widely used wideband
transmission systems (CD quality). The total signal delay is 30
ms. The maximum filter tap length in the ADF is 140 ms. The
total calculation performance of the AEC is 193 MIPS, which
means the system can achieve the real-time acoustic echo
cancellation on a low-cost DSP chip while maintaining the
wide signal bandwidth.

B. Subband Approach
In the AEC, the ADF has a significant impact on the overall



TABLE |
SPECIFICATIONS OF ACOUSTIC ECHO CANCELLER UNIT

Item Description
Size 200 mm (W) x 150 mm (D) x 35 mm (H)
Weight 7009
Sampling frequency 48 kHz
Frequency range 100 HZ - 20 KHZ
Interface RCA jacks:
Line inputx 1

Line output x 1
Audio input x 1
Speaker output x 1

Fig. 4. Circuit board of acoustic echo canceller prototype.

complexity because the degree of computational complexity
required in the ADF increases in proportion to the square of
the sampling frequency because of the convolution operation
of adaptive filtering. For example, the amount of computation
required in the ADF increases 16-fold when the sampling
frequency increases 3-fold from 8 kHz to 48 kHz. This means
that it is essential to reduce the computational complexity of
the ADF to achieve a real-time CD-quality wideband AEC.

This paper has introduced a subband approach that first
divides a signal into several narrow bandwidths and then
applies the AEC to the signal in each divided frequency band.
The advantage of this approach is that the computational
complexity of the convolution operation can be reduced.
Figure 5 shows the flow chart of the AEC realized in the high
frequency range from 100 Hz to 20 kHz at a 48-kHz sampling
frequency. The subband AEC consists of the ADF, ER,
decimation (DEC), interpolation (INT), low-pass filter (LPF),
band-pass filter (BPF), and high-pass filter (HPF) processes.
The impulse response and frequency responses of LPF, BPF,
and HPF are shown in Fig. 6.

The subband approach performed in analysis and synthesis
filter blocks can reduce the computational complexity of the
convolution operation by 1/ M , where M is the DEC ratio.

In this unit, the computational complexity required in the
ADF was reduced by 75% by quartering the band. Moreover,
if the ADF is not processed for frequencies above
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Fig. 6. Impulse responses and frequency responses of low-pass, band-pass,
and high-pass filters.

12 kHz, the computational cost can be further reduced by
about 50%. Because the power of speech components above
12 kHz is extremely low, the acoustic echo component above
12 kHz can be sufficiently suppressed without the ADF but
only by the ER. In total, the computational complexity
required in the ADF was reduced by about 90% using this
configuration.

C. Subband Filtering

To further reduce the computational complexity of the AEC,
the analysis and synthesis filters used in the subband filtering
were revised. These filters incur a high computational cost
because the subband filtering uses a convolution operation
between an input signal and a band-division filter whose
length is a quarter of the adaptive filter length. To avoid the
convolution operation in the time domain, a frequency-domain



filtering method is usually used. The problem with this
approach is that the computational complexity required in the
FFT is high because long FFT lengths are needed to avoid
aliasing.

This paper proposes frequency-domain DEC and INT
implemented in short FFT lengths. First, the analysis filter
consists of the LPF, BPF, HPF, and DEC processes, as shown
in Fig. 7. The frequency ranges of the LPF, BPF, and HPF are
0 Hz - 6 kHz, 6 kHz — 12 kHz, and 12 kHz - 24 kHz,
respectively. An input signal is transformed into the frequency
domain and then is band-limited by frequency-domain DEC
filters (LPF, BPF, and HPF) as

Z,(e"")=U;(e")1; ("), 9)

where 7 is the sampling period, Z, (ej””) is the frequency-

domain band-limited input signal, U,(e’”") is the
DEC filter, LPF, BPF or HPF,
and 1,(e'”") is the frequency-domain input signal. The

frequency-domain

proposed method realizes a precise DEC of Z (e'“") in the

frequency domain by adding the component reflected into the
lower frequencies, which is called the aliasing component
below, to the band-limited input signal as follows:

. oT'-27K

D jor'y _ 1 = J M
ZP () =—>7le ,
“A k=0

(10)

where 7'=Mrz. ZP(e'”") is the frequency-domain band-

limited input signal decimated by M . This means that when
ZP (") is transformed into the time domain by inverse-

FFT (IFFT), the required IFFT points are reduced by 1/ M .
The example of DEC is given in Fig. 7. For example, if the
DEC ratio M is two, Eq. (10) is convertible as follows:

o 12,1 ja)r‘—an
ZiD(err):_Zz(e 2 ),
215
=2z(e" )+ z(e' ).

(11)

Here, the second term denotes the aliasing component shifted
only by 7z and with the addition of the first term.

Next, the synthesis filter consists of LPF, BPF, HPF, and
INT processing, as shown in Fig. 5. This filter performs
filtering and INT in the frequency domain. The aim is to
reduce the FFT points required in a frequency-domain
transform as effectively as that achieved with the DEC filter.
An input signal is transformed into the frequency domain and
interpolated in that domain by adding the aliasing component
as

Input
Filtering
DEC by 2:1
Reflected A
component \
Output

0 s 2n

Fig. 7. Hlustration showing how decimation can be performed in the
frequency domain.

INT by 1:2

Adding reflected components

\— INT filter Output

0 n

Fig. 8. Illustration showing how interpolation can be performed in the
frequency domain.

_ s
17 ") =1™M). (12)
The required FFT points are reduced by 1/ M by performing
the INT after FFT processing. The interpolated signals are
band-limited by INT filters, LPF, BPF, or HPF, in the
frequency domain, resynthesized, and transformed into the

time domain. An example of INT with M = 2 is given in Fig.
8.

V. PERFORMANCE EVALUATION

The performance of the proposed method implemented in
the AEC-unit prototype was evaluated in a practical
environment. This paper examined how the near-end ambient
sound is processed and transmitted under various conversation
states, particularly during double-talk periods. If the
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Fig. 9. Test arrangements for objective measurements.

difference between the near-end speech and transmitted
signals after processing is reduced, it means that the system
can provide more natural-sounding teleconferencing. In the
evaluation, AECs using the conventional and proposed
methods were compared. The conventional method was an
AEC employing the conventional ACL estimation method
[11].

A. Test Conditions

The arrangement of the microphones and sound sources
used in the test is shown in Fig. 9. Here, M1 and S1 represent
the near-end microphone and loudspeaker, respectively, and
loudspeaker S2 simulated the near-end talker. The
loudspeaker and microphone levels were as prescribed by ITU
Recommendation P. 34 [15]. The room reverberation time was
about 300 ms. Japanese speech was used in all conditions. The
reference and near-end speech signals are shown in Fig. 10.

B. Experimental Results

The microphone input signal and the transmitted signals
received after processing by the conventional and proposed
AECs are shown in Fig. 11, respectively. The waveform
during the single-talk period shows the acoustic echo signal
when the microphone picks up the acoustic echo of the signal
from the far end. In the double-talk period, the microphone
picks up both an acoustic echo and near-end speech. The
conventional and proposed AECs sufficiently suppress echo
components over the entire period, as seen in Fig. 11.

For the evaluation of the echo-suppression level, the echo
return loss enhancement (ERLE) measure, which is defined by
ITU-T Recommendation G.168 [16], was used. The ERLE
gives large values when the echo component is well
suppressed by the AEC. The average ERLEs of the
conventional and proposed methods are 36.1 dB and 37.6 dB
in the single-talk period, respectively.

The levels of transmitted signals processed with the
conventional and proposed methods during a double-talk
period are shown in Figs. 12 and 13, respectively. The level of
the transmitted signal processed by the proposed method is
closer to that of the near-end speech component than that of
the conventional method, as seen from these figures. This
means that the proposed method achieved much better
accuracy in estimating the ACL compared to the conventional

method. In the transmitted signal processed with the proposed
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Fig. 11. Top: microphone input signal; middle: transmitted signal
processed using conventional method; bottom: transmitted signal
processed using proposed method.

method, the acoustic echo was sufficiently suppressed, and the
near-end speech passed through the ER with low degradation.
This paper also evaluated the amount of speech distortion
during a double-talk period using a linear predictive coding
(LPC) cepstral distance [17] between the near-end speech and
transmitted signals. The LPC cepstral distance is computed as

(13)

CD(n) = Iolg%\/zi[c(k, n)—¢k,n)I*,

where CD(n) is the LPC cepstral distance and N denotes

the discrete time. Terms c(k,n) and C(k,n) are the k-th

cepstral coefficients of near-end speech and transmitted
signals, respectively. The LPC cepstral distance gives a small



value when the transmitted signal does not suffer a loss of the
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Fig. 12. Level of transmitted signal processed with conventional method
during double-talk period.
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Fig. 13. Level of transmitted signal processed with proposed method
during double-talk period.

near-end speech and when the echo is well suppressed. The
time transitions of the LPC cepstral distance of the
conventional and proposed methods are shown in Fig. 14.
These results show that in the proposed method, the speech
distortion was suppressed over the entire period, while the
echo component was reduced sufficiently, in contrast to the
conventional method.

VI. CONCLUSION

This paper proposed an acoustic echo cancellation method
that can emphasize the target near-end speech with low
degradation during double-talk periods while reducing

undesired acoustic echo. The method estimates the ACL

Transmitted signal with conventional method

Transmitted signal with proposed method
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Fig. 14. Cepstral distances of transmitted signals processed with
conventional and proposed methods during double-talk period.

between reference and ADF-output signals whether or not
double-talk has occurred and calculates the post-filter based
on the estimated ACL for the ER process. The AEC with
proposed method was then modified for real-time
implementation in a 20-kHz wideband videoconferencing
system. To reduce the calculation complexity, the ACL
estimation algorithm of the proposed method was simplified
by approximately replacing all the complex number operations
with real number operations. In addition, a subband approach
of AEC process and a low-cost subband filtering algorithm
were introduced. Experiments conducted with an AEC-unit
prototype showed that the proposed method delivers natural
sounding near-end speech even during double-talk periods.
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