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ABSTRACT

A software has been designed that successfully runs a stereo-
phonic acoustic echo canceler natively on a personal com-
puter (PC). This may seem like an easy task consider-
ing that echo cancelers have been implemented on VLSI-
and DSP-platforms for years. However, there are two fea-
tures that di�erentiate this work from all previous imple-
mentations: First, stereophonic echo cancellation is signif-
icantly more complicated to handle than the monophonic
case because of computational complexity, nonuniqueness,
and convergence problems. Special care has to be taken
in the algorithm design. Second, echo cancellation requires
that the soundcard's input and output signals are time-
synchronous. The latter is a great challenge to achieve in
such an \asynchronous" environment as the operating sys-
tem of a PC. This work presents the system design and
how the input/output audio-streams are synchronized to
maintain a stable cancellation performance under Microsoft
WindowsTM 2000.

1. INTRODUCTION

Real-time echo cancellation requires a signi�cant amount
of computational resources. So far, from a computational
point of view, real-time implementation has only been possi-
ble using custom designed very large scale integration (VLSI)
circuits or digital signal processors (DSPs) [8]. These pro-
cessors are speci�cally designed for signal processing tasks.
They provide parallel processing of operations and opti-
mized pipeline structures. However, because the compu-
tation power of regular personal computers (PCs) has in-
creased tremendously in the last few years, it is now possi-
ble to perform very demanding real-time signal processing
in this environment as well. The objective of this paper
is to present a exible echo cancellation software running
natively under the operating system (OS) on a PC.

A block diagram of a two-channel, point-to-point com-
munication link with one1 echo canceler is shown in Fig-
ure 1. We denote the signals picked up by the microphones

1In a real-life situation, we need an echo canceler for the
\transmission room" as well. However, for simplicity, we chose
to exclude it in the �gure.
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Figure 1: Block diagram of a generic two-channel acoustic
echo canceler.

in the transmission room by x1(n); x2(n), and the return
signal picked up by one of the microphones in the receiv-
ing room by y(n). The receiving room signal is in general
composed of echo, ambient noise w(n), and possibly re-
ceiving room speech v(n). Hence, we have the receiving
room signal model: y(n) = ye(n) + v(n) + w(n); where
ye(n) =

P
2

p=1
hp �xp(n) is the echo, � denotes convolution,

and hp; p = 1; 2 are the receiving room echo paths.

Our echo canceler implementation provides the capabil-
ity of communicating hands-free in single-channel mode (re-
ceive one and transmit one audio-stream), synthetic stereo
mode (receive two and transmit one stream), or full stereo
mode (receive two and transmit two audio-streams). In the
full stereo case, natural stereo is transmitted to the receiv-
ing side. In the synthetic case, synthesized stereo [2] or
3D-audio [4] is generated from the mono audio stream at
an intermediate conference server. The bandwidth of the
audio is 8 kHz. To accommodate di�erent choices of en-
vironments, the echo canceler can span acoustic paths of
lengths 32, 64, 128, or 256 ms.

In Sect. 2, the structure of the software and its compo-
nents are described. Operation modes, like point-to-point
and multi-point, are described in Sect. 3. Sect. 4 shows
evaluation of the echo canceler performance and recording
features of the software, and a discussion is given in Sect. 5.
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Figure 2: System block diagram for the single-channel case.

2. SYSTEM STRUCTURE

Figure 2 shows a block diagram of the entire software sys-
tem and acoustic path for the single-channel case. This sys-
tem primarily consists of three components; the audio mod-
ule, the echo cancellation module, and the network module.
An overview of these modules follows.

2.1. The Audio Module

The audio module is an interface between our software and
the Windows DirectX interface [5]. DirectX provides a gen-
eral interface between the Windows OS and di�erent sound-
card drivers. The Windows DirectX interface is well de�ned
and stable. However, a major problem is the so-called de-
vice driver that sits between this interface and the actual
soundcard hardware. This driver is designed by the man-
ufacturer of the soundcard hardware and it is diÆcult to
predict how it interacts with the Windows OS operations.

The major problem of implementing an echo canceler
on a PC is loss synchronization of the audio streams. This
causes instantaneous delay variation of the actual echo path
and the canceler cannot track these changes fast enough to
achieve proper cancellation. There are two primary prob-
lems that must be solved: (1) Correcting for synchroniza-
tion failure after a temporary 100% CPU utilization and,
(2) Eliminating the stream synchronization problem ob-
served with Windows sample-rate conversion. It is the ob-
jective of the audio delay control unit within the audio mod-
ule, to keep the audio streams synchronized in spite of these
two problems.

2.2. The Echo Canceler Module

The core echo canceler consists of a robust two-channel
frequency-domain adaptive algorithm, a pseudo-coherence
based double-talk detector, and a residual echo suppression
unit. The choice of this solution is based on the facts that
we need a low complex algorithm, compared to a time do-
main solution, that can handle the problem of slow conver-
gence in the two-channel case. This could be achieved with
a subband solution as in [7], however, a more complicated
adaptive algorithm (fast recursive least-squares) would be
required. The frequency-domain solution has been shown
to provide a reasonable trade-o� between complexity and
performance [6]. The speci�c problem of stereophonic echo
cancellation, i.e., the nonuniqueness problem, is handled

by nonlinear distortion as described in [3]. Details regard-
ing the adaptive algorithm and double-talk detector can
be found in [1]. The suppression algorithm attenuates the
residual echo e(n) (Fig. 1) depending on the actual amount
of echo cancellation. The adaptation of the attenuation
is based on voice activity detection decisions and an echo-
return-loss measurement. All the measurements are based
on the envelopes of the speech signals and the noise.

If the dynamic range of the receive signal is near full
range, unmodeled nonlinearities in the echo path will likely
be excited. Therefore, compression of the incoming far-end
signal's amplitude is done.

2.3. The Network Module

The network module controls the data transfer between the
two connected clients. The main tasks are bu�ering the
di�erent network-side audio streams and compressing (au-
dio/speech coding) the audio data if desired.

The Windows socket interface is used to transmit the
data through the network as a user datagram protocol (UDP)
packet. This interface deals with all protocol tasks and re-
quires only a port number and the IP-address of the receiv-
ing client.

The socket bu�er acts as a cache between the clients.
It deals with three tasks: synchronization of data blocks,
adjustment to di�erent block sizes, and correcting for bu�er
underow because of network problems.

The audio compression algorithm [9] we use, is compiled
into a Windows dll-�le. The provided compression rates at
a sample rate of 16 kHz are: 32, 24, or 16 kbits/s for mono
transmission. So far, stereo coding has not been considered.

3. MODES OF OPERATION

We have tested and evaluated the system in various environ-
ments and operation modes. Point-to-point communication
in full stereo or mono has been made in an oÆce environ-
ment using a desktop or a laptop computer, and in a larger
conference room, where the loudspeakers and microphones
are far apart. Multi-point communication has been per-
formed using a mix of laptop and desktop machines.

3.1. Point-to-Point Communication

In point-to-point communication, two clients (PCs) are di-
rectly connected to each other through a network. Tests



with typical oÆce environments showed that a suÆcient
impulse response length is 64 ms for achieving good echo
cancellation. It is possible to use 32 ms, but the quality de-
creases because the suppression has to act more aggressively
to reduce residual echo.

In the conference situation, the audio system is phys-
ically distributed, hence the distance between the micro-
phone and loudspeakers is increased. Furthermore, the
room is usually larger than a regular oÆce. In this case,
a 32 ms �lter will result in poor echo cancellation, espe-
cially in stereo where the tail e�ects become severe [3]. The
minimum length of the estimated �lter that worked well
was of length 64 ms, but an improvement can be achieved
with 128 ms.

What characterizes a laptop audio system is that the
microphone and the loudspeakers are very close. Moreover,
the loudspeakers are of poor quality. There is also a signi�-
cantly high noise level originating from the computer com-
ponents (e.g., motor in the hard-drive) which are very close
to the microphone. In this situation, it is not possible to
improve the echo cancellation results by simply increasing
the impulse response length. A good choice is a short �lter
of length 32 ms. Other serious problems are the nonlinear-
ity of the loudspeaker and the resonance of the laptop case,
both of which cannot be properly modeled with a linear
�lter. Also, the keyboard is often between the microphone
and the loudspeaker and, if it is used, the impulse response
rapidly changes all the time. To achieve good performance
in this environment, more suppression is required.

3.2. Multi-point Communication

The conference server, also designed by the authors, is an
audio bridge that connects many clients and creates synthe-
sized stereo or 3D-audio streams. Each user that connects
to the server will hear all other clients connected to the
same server. Because returning echoes are summed at the
server, this situation places tougher requirements on echo
cancellation. Furthermore, because of the nonuniqueness
problem, the most diÆcult situation for the echo canceler
to handle is the synthetic stereo/3D-audio case. Therefore,
all clients have to adjust the cancellation parameters (i.e.
impulse response length, suppression parameters etc.) and
the audio system very carefully. With synthesized stereo
and four clients, the positions of the di�erent speakers are
well distinguished. With 3D-audio, the audio distribution
can be improved.

4. PERFORMANCE AND COMPLEXITY

The setup for the measurements is a regular oÆce with a
desktop computer audio system. A schematic drawing of
this oÆce is shown in Fig. 3. We used two loudspeakers
positioned on each side of the monitor and a stereo micro-
phone in front of the monitor. White, mutually uncorre-
lated Gaussian noise is played through the loudspeakers.
For simplicity, we only show the results of one return chan-
nel.

The two returning audio streams y(n) (microphone sig-
nal) and e(n) (error signal) are recorded (internally in our
software). The echo suppressor is switched o� in this mea-
surement. The two signals and an estimate of the normal-
ized excess mean-square error (ex. MSE) are plotted in
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Figure 3: Layout of the oÆce and acoustic setup.

Fig. 4. The excess mean-square error is de�ned as

ex:MSE(n) =
LPF

�
[e(n)]2

	
� �2w

LPF
�
[y(n)]2

	
� �2w

;

where �2w is the variance of the ambient noise estimated
when the oÆce is quiet. With the system parameter settings
and the echo-to-ambient-noise ratio ENR = �2ye=�

2

w equal
to 23:6 dB, the maximum theoretically attainable echo at-
tenuation [1] is � �28:4 dB with our choice of algorithm
parameters. This value is almost reached by the canceler as
seen in the mean-square error performance in Fig. 4. The
average ex. MSE measured from 4 to 7 s is �26:8 dB. At
time 8 s there is double-talk (ex. MSE is not presented
correctly during this period of time), and from 12 to 14 s
the microphone is moved and the algorithm has to readapt.
Figure 5 shows the four estimated impulse responses. Re-
sponses like these can be saved at any desired time.

The computer load depends strongly on the choice of the
parameter. To give an approximate idea, the CPU usage
(measured with the Windows task manager) with an Intel
Pentium III 550 MHz processor and the operating system
Windows2000 is lower than 80 % with stereo echo cancella-
tion and a �lter length of 1024 taps (64 ms).

5. DISCUSSION

In this paper, we have described an implementation of a
exible stereophonic acoustic echo canceler. This imple-
mentation runs natively under Microsoft WindowsTM on a
PC. The major obstacle with such a scheme is the synchro-
nization problem of the input and output audio streams
of the soundcard. Without proper synchronization, good
cancellation cannot be maintained.

Evaluation of the echo canceler has shown that it achieves
the theoretical bounds on performance (echo attenuation)
which in general is � 5 dB below the room noise level (al-
gorithm parameter dependent). This performance is valid
for an echo-to-noise ratio down to about 35 dB. In practice,
we cannot expect more cancellation because of the linear
model mismatch, non-stationary room responses, and un-
modeled tails of the responses. Attenuation of 20 to 35
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Figure 4: (a) Echo [y(n)]. (b) Residual echo [e(n)]. (c) Es-
timate of the excess mean-square error performance (solid)
and theoretical ex. MSE (dashed). There is double-talk at
8 s and the microphone is moved between approximately 12
to 14 s.

dB is not suÆcient since the round-trip delay of the sys-
tem is fairly large, about 350 ms. This delay is mainly due
to delay in the soundcard and network interface and is a
function of the involved bu�ers' lengths (assuming insignif-
icant network delay). Because of this, extra residual echo
suppression is required and has been implemented.

The software can demonstrate mono, natural full stereo,
and synthetic stereo hands-free communication. Multi-point
communication can be done in mono or synthetic stereo/3D-
audio mode. It is the intention of the authors to have a
real-time demonstration system with multi-point capabil-
ity available at the presentation of this work.
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