10

‘15

20

25 °

Acoustic Echo Cancellatlon Equlpped with
Howling Suppressor and Double-Talk Detector

-

FIELD OF THE INVENTION

The invention relates to acoustic echo cancellation as

applied to full-duplex speakerphones and
teleconferencing systems.

BACKGROUND OF THE INVENTION

To date, most of the speakerphones operate based on.a
half-duplex mode, i.e., at any given time the speech of
one of the two parties at the two sides of the telephone
line (i.e., the near-end and the far-end) can pass
through to the other side. A detector on the telephone
set senses the in-coming and out-going sounds and
activates the 1line in one of the two possible
directions. This arrangement creates an annbylng
chopping of the speech signals when the near-end and
far-end parties talk at the same time. This problem is

more serious if a similar technlque is adopted for a
teleconferencing systemn.

Full-duplex operation of speakerphones and
teleconferencing. systems can be reallzed by wusing
adaptive filtering technlques. An adaptive filter is
used to model the acoustics of the room and obtaln a
replica of the acoustical signal echoes which are coming
from the loudspeaker and picked-up by the microphone.
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The acoustical echoes generated in a normal size office
room usually span over a couple of hundreds of
milliseconds, and iﬁcreases to several hundred
milliseconds in larger'size rooms. This demands the use
of adaptive filters with a few thousand taps to get an
accurate model of the foom acoustics. Thus, the problem
of acoustic echo cancellation is in the realization of
very long adaptive filters.

Such adaptive filters are computaﬁionally'very demanding
in a real-time environment. It has been noted that this

. problem is overcome by block pProcessing of the signal

samples in the frequency domain. See generally,
Ferrara, E. R., “Fast implementation of IMS adaptive
filters”, IEEE Trans. Acoust., Speech, and Signal
Processing, vol. ASSP-28, pp. 474-475, Aug. 1980, and
Clark,_G. A., S. R. Parker, and S. K. Mitra, “A unified
approach to time and freéuency domain realization of FIR
adaptive digital filters", IEEE Trans. on Acoustic,
Speech and Signal Processing, vol. ASSP-31, pp. 1073-
1083, 1983, However, the frequency  domain
implementation of adaptive filters as originally
proposed in the cited papers introduces some excessive
delay at the filter output which becomes unacceptable as
filter length increases. This problem has been resolved

by introducing some partitioning on the convolution sum

. ©0f the original filter and rearranging the sum as an

aggregate of smaller convolutions. See generally,
Asharif, M. R., and F. Amano, ‘Acoustic echo-canceller -
using the FBAF algorithm”, IEEE Transactions on
Communications, vol. COM-42, pp. 3090-3094, 1994, Soo,
J. S., and K.K. Pang, “Multidelay block frequency domain
adaptive filter", IEEE Tians. Acoust. Speech and Signal
Process., wvol. ASSP-38, pp. 373-376, 1990, and
McLaughlin, “System and methods for an efficiently
constrained frequency-domain adaptive filter”, Us Pat.
No. 5,526,426 (Jun. 1996).
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Although these reports suggest a solution to reduce the
delay of the frequency domain adaptive filters, they
create another problemn. The resulting structure
converges very slowly. The source of this problém has
been identified by the inventor of the present invention
- See Farhang-Boroujeny, B., “Analysis and efficient
implementation of partitioned block IMs adaptive
filters”, IEEE Trans. Signal Processing, vol. 44, pp.
2865~2868, Nov. 1996, herein incorporated by reference
in its entirety, where it is suggested that the block
length has to be shorter than the partition length.

In addition to the modelling of room acoustics, there
are two more problems which have to be considered and
solved for successful implementation of AEC systems.

The first problem is suppression of possible howling of
the system that arises due to a positive feedback which
may build up in a loop that includes a loudspeaker,
microphone and hybrid circuit of a telephone line. This
feedback causes an oscillation in the system and makes
a very 1loud and annoying noise which disrupts the
communlcatlon. To date, most of the acoustic echo
cancelling systems assume that howling is suppressed
once the acoustical echo of the room is modelled by the
AEC adaptive fllter.' Although true in theory, this
assumption is not completely correct in practlce. The
pProblem is that the howling may start once the room
acoustics are changed due to some movements in the room
and the 1nten51ty of the howling grows very fast. It is
usually dlfflcult for the adaptive filter of the AEC to
quickly react and adapt before the system goes to an
uncontrollable state. To resolve this problem, this
invention suggests a simple and fast mechanism that can
1mmed1ate1y stop the howling. This mechanism fits very
nicely as an integral part of the pProposed frequency
domaln implementation of the AEC.
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The second problenm is double-talk. The error signal in
the AEC set-up'is.the transmit signal. This transmit
signal is used to adapt the coefficients of the AEC to
its environment. When there is no near-end (or local)
speech (or any other sound) and the AEC coefficienfs
approach their optimum values, the transmit signal
approaches zero. This assures a small perturbation of
the AEC coefficients around their optimal values after
their adaptation. However, this does not remain the
case when there is some near-end speech. The near-end
speech results in a large transmit (error) signal.
This, in turn, affects the setting of the AEC
coefficients, as the transmit signal through the
adaptive mechanism greatly disturbs the AEC
coefficients. This results in an enhancement of the
uncancelled echoes.

To resolve this problem, one should detect the state of
double-talk in the AEC and take an appropriate action to
minimize the disturbance of the AEC coefficients
during double-talk periods. Most of the
available echo-cancelling systems simply freeze the
adaptation Process, once a double-talk state is
recognized. See generally, Ashley et al., “Method and
apparatus for echo cancelling with double~talk
immunity” , Us pat. No. 5,535,194 (Jul. 1996), Miyamoto
et al, “Double-talk detection in an echo canceller”, Us
Pat. No. 4.894,820 (Jan. 1990), and Furukawa et al,
“ Echo canceller”, US Pat. No. 5,463,618 (Oct. 1995) .,
This strategy works well only when . there is no
significant variation of the echo-path during the
double-talk period and, thus, no adaptation of the AEC
coefficients is required. In practice this is not
necéssarily the case. There is always some chance of

variation of the echo path at any moment of time,

including during the double-talk period. Freezing the
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AEC coefficients during double-talk is not appropriate.
A better compromise solution is to continue adaptation
during double-talk period, but use a smaller compronised
step-size as discussed below. In this invention we
propose a simple mechanism for detectlng double-talk
periods and controlling the step-size of the adaptation

- mechanism of the AEC during these periods.

SUMMARY OF THE INVENTION
In this invention we have developed a real-time software
solution to the problem of acoustic echo cancellation.

. This solution combines a number of signal processing

techniques to come-up with an efficient echo
cancellation system. To demonstrate the efficiency of
the proposed system, a program which can run in real-
time on Pentium personal computers has been developed
and tested. The proposed solution is based on a
frequency domain adaptive filtering technigue.

The invention gives a very effective solution to the
problem of howling. The proposed solution takes
advantage of the available frequency " bins in the
proposed frequency domain implementation and suggests an
effective way of introducing a null at the frequency
that howling occurs. This solution is not limited to
the developed software. It can be used in other

. implementations of echo cancelling systems, as well.

The invention. also gives a solution to the double-talk
problem. A simple mechanism for detecting double-talk
states is proposed. Furthermore, a method for
controlling the step-size of the adaptation mechanism
which results in a godd'compromise solution is devised.
The proposed solution was experimentally tested and
found to be very effective in real-world environments.
This solution also is not limited to the developed
software. It can be used in other implementations of .
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echo cancelling systéms as well.

Further scope of applicability of the present invention
will become apparent from the detailed description given
hereinafter. However, it should be understood that the
detailed description and specific examples, while
indicating preferred embodiments of the invention, are
given by way of illustration only, since various chahges
and modifications within the spirit and scope of the
invention will become apparent to those skilled in the
art from this detailed description.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will become more fully understood
from the detailed description given hereinbelow and the
accompanying drawings which are given by way of
illustration only,: and thus are not limitative of the
pPresent invention, and wherein:

FIG. 1 shows an acoustic echo canceller set-up;

FIG. 2 depicts the general configuration of an example
AEC without howling suppression and double-talk
detection;

FIG. 3 depicts the general cohfiguratiop of an ekample
AEC with howling suppression and double-talk detection

in accordance with a preferred embodiment of the
invention;

FIG. 4 depicts an example set-up embodiment used to test
the AEC illustrated in Fig. 3;

FIG. 5 presents a howling suppression procedure in

accordance with a preferred embodiment of the invention;
and
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FIG. 6 presents double-talk detection procedure and its
application in controlling: the adaptation algorithm

step-size in accordance with a preferred embodiment of
the invention.

. DETAILED DESCRIPTION OF THE INVENTION

The exemplary embodiments of the invention claimed in
the appended claims may be more fully appreciated by
reference to the following description of preferred
embodiments. Within the drawing fiqures, it should be
understood that like elements are identified by 1like
reference numbers. '

Fig. 1 shows a general acoustic echo cancellation set-up
in the context of teleconferencing and hand-free
telephone systems. The signal received from a telephone
line passes through a hybrid circuit 4 and is broadcast
through a loudspeaker 1 in a local room where it can be
heard by anybody in the room. A microphone 5 located in
the room is used to pick-up any sound activities in the

. room and send them through the telephone line to a

remote site. This arrangement clearly results in a
feedback of echo of the speech of the reﬁote site party
to himself or herself, as the microphone S5 cannot
differentiate the sound coming from the loudspeaker 1
from other sound activities in the local room.

To prevent this annoying echo, an adaptive filter 2 is
used to model the acoustics of the room and obtain a
replica of the acoustical signal echoes which are coming
from the Loudspeaker 1 and picked-up by the microphone
5. The acoustical echoes'generatéd.in a normal room
usually span over a few hundred milliseconds. This, in
turn, demands the use of an adaptive filter with a few
thousand taps to get a good model of the room acoustics.

. For instance, if the speech signals are sampled at the

rate of 8 kilo~samples/s, an acoustical echo of duration
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200 milliseconds. will translate to 8000%0.2=1600
samples. For this example an adaptive filter with at
least 1600 taps is required to achieve a complete
modelling of the room acoustics. Thus, the problem of
acoustic echo cancellation is that of the realization of
very long adaptive filters. The major problem with the
implementation of long adaptive filters is that they are
computationally very expensive. That is, their
implementation requires a very fast processor for
achieving a real-time realization of the AEC.

The computational complexity of long adaptive filters
can be reduced to a great extent by choosing a parallel
processing strategy in the implementation of the
filters. Among prior solutions proposed in the
literature, realizations of filters in the frequency
domain have been the - most successful approach. This
method uses fast Fourier transform (FFT) algorithms to
achleve low computational complexity. Fig. 2 depicts
the schematlc diagram of a realization of the AEC using
this latter technique. This block diagram includes
filtering and adaptive adjustment of the filter
coefficients 10. A received signal x(n) is insert to
the P/S converter 6 that outputs a converted signal

having block 1length L. The converter signal is
overlapped with the previous M input samples and
converted into a frequency-domain at FFT 8. The

transformed samples are inspected using a least -mean
square determination method and converted back from the
frequency-domain to the time-domain using an inverse FFT
9. The time-domain output signals y(n) is then
implemented with the microphone signal d(n) to become
the actual output samples of the AEC e(n) and are
transmitted to the remote site. Fig. 3 depicts a more
complete block diagram of the AEC to which the howling
suppressor 17, and double-talk detector 20 blocks are
added. The various parts of the AEC will be discussed
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Fig. 4 shows the hardware set-up which has been used to
implement the AEC and test the invented schemes. A
record player 22 is used to generate (simulate) the
received (remote) signal. This signal is amplified by
amplifier 24 and passed to a loudspeaker 25 to broadcast
the received signal in the room. Any sound activity in
the room is picked-up by a microphone 26. Both

. microphone output and the received ( remote) signals are

directed to a sound card 27 for digitization. The
digitized sampled signals are passed to the AEC software
28 which is run on, for example, a Pentium personal
computer 29, for evaluation of the AEC performance.

" After processing these signals according to Fig. 3, the

generated output samples (the error signal samples in
Fig. 1) are delivered to the sound card 27 for digital
to analog conversion. The output signal which is the
transmit signal is passed to a second loudspeaker 31
(loudspeaker 2) which is put outside of the local room.
The sound coming out of this second loudspeaker 31
corresponds to the received signal at the remote site of

- the telephone line. The effect of the hybrid circuit of

the telephone line is simulated by us:.ng a special
simulator circuit 30. The transmit s1gnal generated at
the output of the sound card with no attenuation is
passed to the second loudspeaker 31. A filtered and
attenuated version of the transmit signal is added 23 to
the simulated received signal at the output of the

" record player 22, as the hybrid circuit leakage.

Fig. 3 shows a complete block diagram of the AEC and
consists of three separate parts: the basic acoustic
echo canceller (Fig. 2), the echo howling suppressor 17,
and the double-talk detector 20. These three parts are
discussed separately below.
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The basic acoustic echo canceller is 1mplemented by
following the partitioned frequency domain IMS (PFBLMS)
algorithm as proposed by the inventor in Farhang-
Boroujeny, B., “Analysis and efficient implementation
of partitioned block IMS adaptive filters”, IEEE Trans.
Signal Processing, vol. 44, pp. 2865-2868, Nov. 1996.
The difference between this implementation and the
previously reported implementations of the PFBIMS
algorithm is that in the previous implementations the
block 1length, I, and the partition length, M, were
assumed to be the same. However, the preferred
embodiment of this invention disclose that L should be
selected smaller than M. Although L = M reduces the
convergence rate of the PFBIMS algorithm significantly,
a selectJ.on of L. < M results in an 1mplementatlon that
has lower misadjustment than where L = M when the
unconstrained FBLMS algorithm is used for adaptation of
the AEC coefficients. The use of an unconstralned FBLMS
algorithm for the proposed AEC is found to be essential
to achieve a real-time realization of the AEC, since it
keeps the computational complex1ty of the AEC
significantly lower that what would be achieved if the
constrained FBLMS algorithm was to be used.

To demonstrate the efficiency of the Proposed AEC
technique, a program was developed and tested for a
real-time implementation of the AEC. By choosing and
developing appropriate FFT algorithms and C~language
software, a 2112 tap adaptive echo canceller running at
8 kilo-samples/s on a Pentium personal computer was
provided according to a preferred embodiment of the
invention. A 2112 tape adaptive echo cancellor running
at the sampling rate of 8 kilo-samples/s is equivalent
to an echo coverage of 1000%(2112/8000) = 264
milliseconds. This is a fairly long echo coverage.
Current commercial AEC systems have a coverage of less
than or equal to 200 milliseconds.
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Using a Pentium 166MHz machine, as an example platform,
the echo canceller uses only about 40% of the central
processing unit (CPU) run time. This example clearly
demonstrates that the Proposed technique is indeed a
viable solution to the acoustic echo cancelling problem.

Howling is a common problem which is usually observed in
audio systems. It may arise because of the presence of
a potential positive feedback in the 106p consisting of
the loudspeaker 1, acoustical echo path in the room, the
nmicrophone 5 and the telephone line hybrid circuit 4.
Once the gain around this loop becomes larger that one
at any particular frequency the AEC begins to oscillate
at that frequency with a growing amplitude. The systen
quickly makes a very loud sound which completely
disrupts the communication. Furthermore, the large
amplitude of the oscillating signal forces the circuit
components (such as amplifiers and the loudspeakers) to
their saturation region. This, in turn, results in a
non-linear behavior of the circuit. This non-linear
behavior of the circuit, on the other hand, disrupt the
operation of the basic AEC whose design has been based
on a linear behavior of the whole system. This
disruption worsens the howling situation and makes it
even more difficult to get out of a howling state once
it starts. Thus, it is emphasized that an early
detection of the howling state and proper remedies to
stop the howling before it reaches an unacceptable level
is very important for a successful implementation of any
acoustic echo cancelling systenm.

Fortunately, the frequency domain implementation chosen
in our embodiments allow adoption of a very effective
solution to provide howling suppression. Howling
usually occurs at one single frequency. Moreover, the
use of FFT blocks that appear in the discussed AEC
structure results in a separation of various frequency
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components of the underlying signals in different
frequency bins. The presence of howling can then be
detected easily, as it results in a consistent grow of
the signal energy in one of the frequency bins -~ namely,
the frequehcy bin associated with the howling frequency.

The blocks related to howling suppression are
highlighted in Fig. 3. As compared to Fig. 2 which does
not include the howling suppression, Fig. 3 adds one
extra FFT block 18. The output of the AEC is the error
signal between the signal pJ.cked up by the microphone,
d(n), and the output e(n) of the P/S converter 19. If
the howling suppressor was not included, the AEC output
would be the difference between_d{n) and e(n), 11, 13,

. as shown in PFig. 2. This is very similar to the

implementations proposed in the previous publications
with some differences in the election of block length
and partition length, i.e., the selection of I<M, as
noted above. See generally, Asharif, M. R., and F.
Amano, “Acoustic echo-canceller using the FBAF
algorithm”, IEEE Transactions on Communications, vol.
COM-42, pp. 3090-3094, 1994, Soo, J. S., and K.K. Pang,
“Multidelay block frequency domain adaptive filter”,
IEEE Trans. Acoust. Speech and Signal Process., vol.
ASSP-38, pp. 373-376, 1990, and McLaughlin, “System and
methods for an efficiently constrained frequency-domain

- adaptive filter”, US Pat. No. 5,526,426 (Jun. 1996).

Fig. 5 shows an example procedure proposed in this
embodiment of the invention for howling suppression.
The energies of various frequency bins of the transmit
(error) signal after pProcessing every block of signals
samples are estimated and the frequency bin with the
largest energy is identified 33 as Py;+ If P, is found to
have a relatively large energy, say, greater than a
threshold level T,, it is assumed that howling has
occurred at this frequency (bin) 3s. The transmit
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signal at this frequency bin is then attenuated by a
Prescribed factor, say B, 37. The conversion of the
frequency domain samples to time-domain is then
performed using an inverse FFT (IFFT) 1s. The time
domain samples generated in this way are the output
(transmit 'signal) samples. If the bin with the largest
energy is not excessive, but has remained as the bin
with the largest eénergy over a prescribed number of
blocks, say K 34, and its present energy .estimate
eXceeds a prescribed level, say T,, it is -assumed that
howling has occurred at that frequency (bin) 36. The
transmit signal at this frequency bin is then attenuated
by a prescribed factor, say B, 38. Then, conversion of
the frequency domain samples to time-domain is executed
at IFFT 18. The time domain samples are the P/S 19
output (transmit signal) samples. | '

Actual implementation of the howling suppression scheme
has shown that it is robust to the selection of the
threshold 1level Ty and T, and also to the attenuating
factors B, and B,. As a general guideline, a value of T,
about two to three times the largest signal energy bins
in the absence of howling and a value of T, about two-
third of T, was determined to work well. Typical values
that are suggesteqd for B8, and B, are about 0.25 and 0.5,
respectively. These also have been determined through
humerous experimental tests.

The howling suppression mechanism discussed above was
included in the implemented AEC system and tested under
fairly harsh (difficult to handle) conditions. It was
generally observed that the suppression worked very well
under all conditions. The experiments were performed in
a8 3-by-5 meter room and contained ‘hard furniture
(wooden desks, almost empty bookshelves, and computers),
uncarpeted floor, and hard walls and ceiling. The
acoustical echo path measured in the room was about 200
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milliseconds. People moved in the room during the tests
to change the echo bPaths. Also, the microphonelzs and
loudspeaker 25 were moved and placed in different
directions while the AEC was opérating. The microphone
26 was also moved to face the loudspeakef 25 - this, of
course, corresponds to the maximum ;oop'gain and is the
best case for forcing the system into a howling state.
Further, the hybrid circuit simulator 30 attenuation was
adjusted to a fairly low level of -6 gB. Despite these
very harsh conditions, in all cases the howling
suppression mechanism acted quickly and prevented the
hoﬁling in the systen.

The howling suppression scheme also works when howling
occurs at more than one frequency, even though the
scheme suppresses only one frequency bin at a time. If
howling occurs at more than one frequency, the embodied
mechanism suppresses one of them at any given time.
Because of its extremely fast reaction, the mechanism
easily reacts to the howling in other frequency bins and
Suppresses them before they grow to an uncontrollable
state, that is, before their corresponding amplitudes
become so large that the AEC enters into a non-linear
state. . Although, simultaneous attenuation of multiple
frequency bins is also possible, attenuating one
frequency bin at a time sufficiently works well. Thus,
attenuation of multiple frequency bins is not very
critical. However, if attenuation of multiple frequency
bins is necessary, inclusion of this modification to the
howling suppressor is straightforward. For instance,
one can attenuate all frequency bins having associated
energies greater than Ty

Therefore, this invention solves the problem of howling.
It is a special solution compatible within the structure
of the PFBIMS algorithm. However, the invention is not
limited to the PFBIMS algorithm. Other implementations
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may also adopt the invented technique. For example, one
can use an FFT 15 to convert the output samples to a
frequency domain, inspect the transformed samples in the
frequency domain, examine various frequency bins as
discussed above, perform attenuation of any of the
frequency bins by the howling suppressor 17, if
necessary, and convert back the output signal samples
from the frequency~-domain back to time-domain using an
inverse FFT (IFFT) 18. These samples will then be the
actual output samples of the howling suppressor,

Double-talk detection is an important and necessary
block for successful operation of any AEC system. The
previous proposals suggest the use of power estimators
at the receive and transmit signal sides and comparisons
for detecting the double-talk state. See generally,
Miyamoto et al, “Double~talk detection in an echo
canceller”, US Pat. No. 4.894,820. Furukawa et al (Us
Pat. No. 5,463,618) discussed some difficulties which
exist with the scheme disclosed in Miyamoto et al (Us
Pat. No. 4.894,820) and Proposed an improved method.
The Furukawa et al method + however, is expensive to
implement, since it requires a second adaptive filter
run at a decimated rate in parallel with the original
adaptive filter. The present application discloses a

simpler and more effective solution to the problem of
double talk.

A common problem to the methods of Miyamoto et al and
Furukawa et al is that both of them suspend the
adaptation of the adaptive filter of the AEC once a
double-talk state is recognized. This is a problen,
since sometimes the echo response changes when double-
talk exists. 2an embodiment of this invention provides
a better way of handling the double-talk states by _
reducing the step-size of the adaptive filter of the
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AEC. This enables both low level misadjustment of the
adaptive filter and tracking of echo path variations
during double-talk periods.

Fig. 6 shows an example procedure that this embodiment
discloses for resolving the problem of double-talk. The
output power of the AEC, i.e., the power-of the transmit
signal, is estimated by a short-time averaging of the
squared values of the signal samples. The estimated
bower 40, called Pirens. 1S compared with a threshold
level, Tyrans.» If the estimateqd power, P, .., is smaller
than Tirans. 41, it is assumed that the AEC is not in the
doublg-talk state and, thus, the algorithm step-size, u
21, is set equal to 4, 42, which is a relatively'large
step-size. If the estimated power is larger than Tyrans.
41, it is assumed that the AEC is in the double-talk
state and, thus, the algorithm step-size, u 21, is set
equal to K4, 43, which is a relatively small step-size.

Since the double-talk detector works based on an
estimate of the transmit signal power, it may wrongly
assume a double-talk state when the adaptive filter part
of the AEC has not converged and - the
reflected echo at the transmit 1line is excessively
large. This situation occurs when the AEC is

. initializeq, i.e., at the beginning“of communication

when the AEC circuit begins to identify the acoustical
echoes of the room. This results in a selection of a
small step-size (1), and slow convergence of the AEC at
the beginning execution stages. This clearly is
undesirable. Fortunately, the pProblem can easily be
alleviated by leaving the step-size of the AEC at the

- larger value of Ky for the initial seconds of

communication and then injecting a white noise signal to
the loudspeaker 1 and the adaptive filter 2 (during that
pPeriod) so that the adaptive filter 2 will be
sufficiently exited and converge fast. The AEC can
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later be switched'to its normal mode of double-talk
detection.

Unlike the method of Furukawa et al (US Pat. No.
5,463,618), the proposed double-talk detector does not
need an additional secondary adaptive filter. Thus, it
is much simpler to implement. Despite its simplicity
practical tests have shown that it works very well.
This technique is much simpler than the previously

reported methods and still results in very good
performance.

It should be apparent from the aforementioned
description and attached drawings that the concept of
the present application may be readily applied to a
variety of preferred embodiments including those
disclosed herein. Accordingly, the .scope of the
invention described in the instant application should be
limited solely by the appended clains.
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WHAT IS CLAIMED IS:
1. A method for cancelling acoustic echo, comprising:

receiving an signal in a time-domain having a block
length smaller than a partition length;

converting the received signal from the time-domain
to a frequency-domain signal in a frequency-domain;

filtering the frequency—domain signal into
partitioned sections;

converging the frequency-domain signal into an
aggregate sum of the partitioned sections:

converting the frequency-domain signal in the
frequency-domain to an output signal in the time-domain;
and

transmitting the output signal to a remote
location.

2. The method of claim 1, further comprising:

separating the frequency-domain signal into
frequency components located in a plurality of frequency
bins;

identifying one of the plurality of frequency
bins having a largest éignal energy; and

attenuating the frequency components of the
frequency-domain signal located at the one of the
pPlurality of frequency bins by a first factor when a
largest signal energy exceeds the first threshold level.
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3. The method of claim 2, wherein the first threshold

" level is at least about 2 times a value of an estimated

largest signal energy bin in the absence of howling.

4, The method of claim 2, wherein the first factor is
about 0.25.

5. The method of clainm 2, further comprising
attenuating the frequency components of the frequency-
domain signal located at the one of the plurality of
frequency bins by a second factor ~when the largest
signal energy exceeds a second thréshold level.

6. The method of clainm 5, wherein the first threshold
level is at least about 2 times a value of an estimated
largest signal energy bin in the absence of howling and

" the second threshold level is about two-~-thirds of the

first threshold level.

7. The method of claim 5, wherein the first factor is
about 0.25 and the second factor is about 0.5.

8. The method of clain 1, further comprising:

converting the output signal from the time-
domain to a transformed output signal in a frequency-
domain;

separating the transformed signal into
frequency components located in a plurality of frequency
bins;

identifying one of the plurality of frequency
bins having a largest signal enerqgy;

attenuating the frequency components of the
transformed signal located at the one of the plurality
of frequency bins when the largest signal energy exceeds
a threshold level; and

converting the transformed signal from the
frequency-domain to a retransformed output signal in the
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time-domain.

1 9. The method of claim 1, further comprising:

2 estimating a power level of the output signal
3 by a short-time averaging of a squared value of the-
4 partitioned sections of the frequencj—domain signal;
5 comparing the power level to an echo threshold
6 level;

7 setting an algorithm step-size to a first step
8 size when the power level falls below the echo threshold
9 level; and

10 setting the algorithm step-size to a second
11 step size when the 'power 1level exceeds the echo
12 threshold level, wherein the second step size is smaller
13 than the first step size.

1 10. The method of claim 9, further comprising setting
the algorithm to the first step size for an initial term

3 of communication with a remote site.
1 11. An acoustic echo cancellation device, comprising:
2 input means for receiving a signal in a time-
3 . domain having a block length smaller than a partition
4 length;
5 transformer means for converting the received
6 signal from the time-domain to a frequency-domain signal
7  in the frequency-domain;
8 partition means for filtering the frequency~domain
9 signal into partitioned sections; . _
10 summation means for converging the frequency-domain
11 signal into an aggregate sum of the partitioned
12 sections; )
13 inverse transformer means for converting the
14 frequency-domain signal in the frequency-domain to an
15 output signal in the time-domain; and
16

output means for transmitting the output signal to
17 a remote location.
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12. The acoustic echo cancellation device of claim 11,
further comprising: .

isolation means for separating the frequency-
domain signal into frequency components located in a
pPlurality of frequency bins;

determination means for identifying one of the
plurality of frequency bins having a largest signal
energy; and

first adjustment means for attenuating the
frequency components of the frequency-domain signal
located at the one of the Plurality of frequency bins by

a first factor when a largest signal energy exceeds the
first threshold level.

13. The acoustic echo cancellation device of clain 12,
wherein the first threshold level is at least about 2

times a value of an estimated largest signal energy bin
in the absence of howling.

14. The acoustic echo cancellation device of clain 12,
wherein the first factor is about 0.25.

15. The acoustic echo cancellation device of clainm 12,
further comprising second adjustment means for
attenuating the frequency components of the frequency-
domain signal located at the one of the pPlurality of
frequency bins by a second factor when the largest
signal energy exceeds a second threshold level and
remain to be the bin with the largest energy over a
prescribed number of blocks.

16. The acoustic echo.cancellation device of claim 15,
wherein the first threshold level is at least about 2
times a value of an estimated largest signal energy bin
in the absence of howling and the second threshold level
is about two-thirds of the first threshold level.
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17. The acoustic echo cancellation device of claim 15,

. Wherein the first factor is about 0.25 and the second

factor is about 0.5.

18. The acoustic echo cancellation device of claim 11,
further comprising:

~additional transformer means for converting
the output signal from the time-domain to a transformed
output signal in the frequency-domain;

isolation means for separating the transformed
signal into frequency components located in a plurality
of frequency bins;

determination means for identifying one of the

- plurality of frequency bins having a largest signal

energy:;
adjustment means for attenuating the frequency
components of the transformed signal located at the one
of the plurality of frequency bins when the largest
signal energy exceeds a threshold level; and
additional inverse transformer means for
converting the transformed signal from the frequency-

domain to a retransformed output signal in the time-
domain. )

19. The acoustic echo canceilation device of claim 11,
further comprising:

appraisal means for estimating a power level
of the output signal by a short-time averaging of a
squared value of the partltloned sections of the
frequency-domain signal;

relation means for comparing the power level
to an echo threshold level; and

response means for setting an algorithm step-
size to a first step size when the power level falls
below the echo threshold level, and for setting ' the
algorithm step-size to a second step size when the power
level exceeds the echo threshold 1level, wherein the
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second step size is smaller than the first step size.

20. The acoustic echo cancellation device of claim.19,
further comprising initialization means for setting the
algorithm to the first step size for an initial term of

communication with a remote site.



