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ADAPTIVE ACOUSTIC ECHO CANCELLATION

BACKGROUND

[0001]  Acoustic echo cancellation removes the echo captured by a microphone when a sound is
simultaneously played through speakers located near the microphone. Many high noise
environments such as noisy conference rooms or lobbies and hands-free telephony in cars require
effective echo cancellation for enhanced communication. However, the presence of noise impedes

the convergence of acoustic echo cancellation algorithms; which leads to poor echo cancellation.

[0002]  In echo cancellation, complex algorithmic procédures are used to compute speech echo
models. This involves generating the sum from reflected echoes of the oriéinal speech and then
subtracting this from any signal the microphone picks up. The result is the purified speech of the
person talking. The format of this echo prediction must be learned by an echo canceller in a process
known as adaptation. The parameters learned from the adaptation process generate the prediction
of the echo signal, which then forms an acoustic picture of the room in which the microphone is

located.

- [0003]  The performance of an adaptive filtering algorithm can be evaluated Based on its
convergence rate and a factor known as misadjustment. The rate of convergence can be defined as
the number of iterations required for the algorithm, under stationary conditions, to converge “close
enough” to an optimum Wiener solution in the mean-square sense. Misadjustment describes the
steady-state behavior of the algorithm, and is a quantitative measure of the amount by which the
averaged final value of the mean-squared error exceeds the minimum mean-squared error produced
by an optimal Wiener filter. A well known property of adaptive filtering algorithms is the trade-off
between adaptation time and misadjustment. An effective acoustic echo canceller requires fast

adaptation when the echo path changes and smooth adaptation when the echo path is stationary.

[0004]  In many acoustic echo cancellation algofithfns, an adaptive filter learns the transfer
function of the near-end room, the part of the room nearest the microphone, using a normalized,
least mean square (NLMS) algorithm. The NLMS algorithm is the most widely used algorithm in

acoustic echo cancellation and it provides a low cost way to determine the optimum adaptive filter
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coefficients. The algorithm minimizes the mean square of the residual echo error signal at each
adaptation step (e.g., at each sample), hence the name of the algorithm. Normalization by signal
power is typically used because speech is a highly non-stationary process. NLMS updates the
adaptive filter coefficients depending upon the error signal from the unprocessed microphone signal
and the echo predicted by the current adaptive filter. In high noise environments, this error is
increased by the uncorrelated noise which causes the adaptivé filter coefficients to move away from

the optimal solution.

[0005]  Previous works in acoustic echo cancellation in high noise focused on combined noise
and echo reduction. One of the approaches is to preprocess the microphone signal through a noise
suppression algorithm and perform adaptation using the far-end speaker signal that has undergone
the same noise suppression operations as the microphone signal. Although this seems favorable,
experiments revealed that this technique often distorts the echo signal, which hinders the
convergence properties of the acoustic echo cancellation algorithm. Furthermore, this technique
requires perfect synchronization between the microphone and the far-end speaker signals, which is

often difficult to attain.

[0006] Various post processing techniques used to remove echoes also result in noticeable

distortion of the near-end speech captured by the microphone.
[0007] SUMMARY

[0008]  The present adaptive acoustic echo cancellation technique adapts to different noise
environments by employing a plurality of acoustic echo cancellation filters which use different
adaptation techniques to improve both the convergence time and misadjustment over previously
known acoustic echo cancellation techniques. This is especially true with respect to high noise

environments.

[0009]  In general, one embodiment of the present adaptive acoustic echo cancellation technique
operates as follows. A frame of playback data (speaker data) and a corresponding frame of capture
data (data captured by the microphone), are received. The playback data and corresponding capture
data are converted in to the frequency domain using any appropriate transformation such as, for

example, the conventional Fast Fourier Transform (FFT) or the Modulated Complex Lapped
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Transform (MCLT). The frequency domain playback and capture data are then processed by a
number of adaptive acoustic echo cancellation filters which use different adaptation techniques, and
which may also use different parameters such as step size, to cancel the echo in the frequency
domain. The acoustic echo cancellation (AEC) outputs can then be combined to form a final AEC
output in the frequency domain. Optionally, this final AEC output can be converted back to the time

domain by an inverse frequency domain transform.

[0010]  In another exemplary embodiment, a loudspeaker signal (playback data) and
corresponding microphone signal (capture data) are received and converted into a frequency domain
signal by computing a MCLT, FFT, filter bank, or any other transform that improves the
convergence property of the acoustic echo canceliation. For each frequency, a number of acoustic
echo cancellation filters, say K filters, are computed, each using different parameters of different
adaptation techniques (i.e., AEC 1 though AEC K). For each frequency, a linear combination of the
outputs of the K filters is computed. The linear combination of the K filter outputs for each
frequency are then combined for all of the frequencies and, optionally, the result is converted back

into the time domain.

[0011]  In yet another exemplary embodiment of the adaptive acoustic echo cancellation
technique, a dual-structured acoustic echo cancellation architecture is employed where one part of
the architecture performs fast adaptation, while the other part performs smooth adaptation. A
momentum normalized least mean squares (MNLMS) algorithm is used to provide smooth
adaptation and fast adaptation is preferably performed using a conventional normalized least mean
squares (NLMS) algorithm (although other fast adaptation algorithms could be used). Due to its
smoothing nature, the MNLMS acoustic echo cancellation algorithm works wells when nothing in
the near end room is moving very much, but converges much more slowly than a NLMS algorithm
in a dynamic environment. As a result, on one branch of the architecture, NLMS acoustic echo
cancellation is used for fast adaptation, such as, for example, during the initial period when the
acoustic echo cancellation parameters are being trained and also when someone moves in the near-
end room. On the second branch, the present adaptive dual-structured acoustic echo cancellation
architecture uses the MNLMS acoustic echo cancellation algorithm for periods when smooth
adaptation is desired, such as for example, when there are no major movements in the near-end
room. A convergence detector is used to detect when to switch between the fast branch and the

slow branch of the dual-structured architecture.
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[0012] Tt is noted that while the foregoing limitations in existing echo cancellation techniques
described in the Background section can be resolved by a particular implementation of the adaptive
acoustic echo cancellation technique described, this technique is in no way limited to
implementations that just solve any or all of the noted disadvantages. Rather, the present technique

has a much wider application as will become evident from the descriptions to follow.

[0013]  This Summary is provided to introduce a selection of concepts in a simplified form that
are further described below in the Detailed Description. This Summary is not intended to identify
key features or essential features of the claimed subject matter, nor is it intended to be used to limit

the scope of the claimed subject matter.

[0014]  DESCRIPTION OF THE DRAWINGS

[0015]  The specific features, aspects, and advantages of the claimed subject matter will become
better understood with regard to the following description, appended claims, and accompanying

drawings where:

[0016]  FIG. 1 is a diagram depicting a general purpose computing device constituting an

exemplary system for implementing the present adaptive acoustic echo cancellation technique.

[0017]  FIG. 2 depicts a diagram defining the general high level system acoustic echo

cancellation problem.

[0018]  FIG. 3 depicts a high level flow diagram of one embodiment of the present adaptive

acoustic echo cancellation technique.

[0019]  FIG. 4 depicts an exemplary system in which the adaptive acoustic echo cancellation

process shown in FIG. 3 can be implemented.

[0020]  FIG. 5 depicts a dual-structured acoustic echo cancellation architecture in which one part

performs fast adaptation, while the second part of the architecture performs smooth adaptation.
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[0021]  FIG. 6 depicts an exemplary flow diagram showing a possible process for employing the

dual-structured acoustic echo cancellation architecture shown in FIG. 5.

[0022]  FIG. 7 depicts another exemplary flow diagram showing another embodiment for

employing the dual-structured acoustic echo cancellation architecture shown in FIG. 5.

[0023]  FIG. 8 depicts yet another exemplary flow diagram showing yet another embodiment for

employing the dual-structured acoustic echo cancellation architecture shown in FIG. 5.

[0024]  FIG. 9 depicts an exemplary flow diagram showing another embodiment of the adaptive
echo cancellation technique wherein the capture and playback data are not split into upper and

lower frequency bands.

[0025]  FIG. 10 depicts an exemplary flow diagram for computing a convergence statistic for

use in the dual-structured acoustic architecture.

[0026]  DETAILED DESCRIPTION

[0027]  In the following description, reference is made to the accompanying drawings that form
a part hereof, and in which is shown by way of illustration specific embodiments in which the
invention may be practiced. It is understood that other embodiments may be utilized and structural

changes may be made without departing from the scope of the present disclosure.

[0028] 1.0 The Computing Environment.

[0029]  Before providing a description of embodiments of the present adaptive acoustic echo
cancellation technique, a brief, general description of a suitable computing environment in which
portions of the technique may be implemented will be described. The technique is operational with
numerous general purpose or special purpose computing system environments or configurations.
Examples of well known computing systems, environments, and/or configurations that may be
suitable for use with the process include, but are not limited to, personal computers, server
computers, hand-held or laptop devices, multiprocessor systems, microprocessor-based systems, set
top boxe;s, programmable consumer electronics, network PCs, minicomputers, mainframe

5
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computers, distributed computing environments that include any of the above systems or devices,
and the like.

[0030]  FIG. 1 illustrates an example of a suitable computing system environment. The
computing system environment is only one example of a suitable computing environment and is not
intended to suggest any limitation as to the scope of use or functionality of the present system and
process. Neither should the computing environment be interpreted as having any dependency or
requirement relating to any one or combination of components illustrated in the exemplary
operating environment. With reference to FIG. 1, an exemplary system for implementin g the
present process includes a computing device, such as computing device 100. In its most basic
configuration, computing device 100 typically includes at least one processing unit 102 and
memory 104. Depending on the exact configuration and type of computing device, memory 104
may be volatile (such as RAM), non-volatile (such as ROM, flash memory, etc.) or some
combination of the two. This most basic configuration is illustrated in FIG. 1 by dashed line 106.
Additionally, device 100 may also have additional features/functionality. For example, device 100
may also include additional storage (removable and/or non-removable) including, but not limited to,
magnetic or optical disks or tape. Such additional storage is illustrated in FIG. 1 by removable
storage 108 and non-removable storage 110. Computer storage media includes volatile and
nonvolatile, removable and non-removable media implemented in any method or technology for
storage of information such as computer readable instructions, data structures, program modules or
other data. Memory 104, removable storage 108 and non-removable storage 110 are all examples
of computer storage media. Computer storage media includes, but is not limited to, RAM, ROM,
EEPROM, flash memory or other memory technology, CD-ROM, digital versatile disks (DVD) or
other optical storage, magnetic cassettes, magnetic tape, magnetic disk storage or other magnetic
storage devices, or any other medium which can be used to store the desired information and which

can accessed by device 100. Any such computer storage media may be part of device 100.

[0031]  Device 100 may also contain communications connection(s) 112 that allow the device to
communicate with other devices. Communications connection(s) 112 is an example of
communication media. Communication me;dia typically embodies computer readable instructions,
data structures, program modules or other data in a modulated data signal such as a carrier wave or
other transport mechanism and includes any information delivery media. The term “modulated data
signal” means a signal that has one or more of its characteristics set or changed in such a manner as

to encode information in the signal. By way of example, and not limitation, communication media
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includes wired media such as a wired network or direct-wired connection, and wireless media such
as acoustic, RF, infrared and other wireless media. The term computer readable media as used

herein includes both storage media and communication media.

[0032]  Device 100 may also have input device(s) 114 such as keyboard, mouse, camera, pen,
voice input device, touch input device, speaker signal, etc. In particular, one such input device is a
microphone. Output device(s) 116 such as a display, speakers, printer, etc. may also be included.

All these devices are well know in the art and need not be discussed at len gth here.

[0033]  The present technique may be described in the general context of computer-executable
instructions, such as program modules, being executed by a computing device. Generally, program
modules include routines, programs, objects, components, data structures, and so on that perform
particular tasks or implement particular abstract data types. The process may also be practiced in
distributed computing environments where tasks are performed by remote processing devices that
are linked through a communications network. In a distributed computing environment, program
modules may be located in both local and remote computer storage media including memory

storage devices.

'[0034]  The exemplary operating environment having now been discussed, the remaining parts
of this description section will be devoted to a description of the program modules embodying the

present adaptive acoustic echo cancellation technique.

[0035] 2.0 Adaptive Acoustic Echo Cancellation Technique.

[0036]  The following sections of this description provide a general description of the acoustic
echo cancellation problem, descriptions of various embodiments of the present adaptive acoustic
echo cancellation technique, as well as a description of the Normalized Least Mean Squares
(NLMS) algorithm, and the Momentum Normalized Least Mean Squares (MNLMS) algorithm

which can be employed in the adaptive acoustic echo cancellation technique. )

[0037] 2.1 The Acoustic Echo Cancellation Problem.
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[0038] A typical system level acoustic echo cancellation 200 system is shown in FIG. 2. Far-
end speech 202, speech that is away from a microphone 210, is played through one or more
speakers 204. This far-end speech 202 creates an echo 206 when it bounces off the walls 208,
table, laptops, and so on, which is then captured by a microphone 210 in the near-end room (the
part of the room closest to the microphone). In addition to the echo 206, the microphone also
captures near-end speech 212 from one or more people speaking in the near-end of the room, as
well as indep.endent background noise. The goal of any acoustic echo cancellation algorithm is to
estimate or predict the echo and then subtract the echo estimate'from the raw microphone signal to
produce a processed microphone signal which contains little or no echo. A typical acoustic echo
cancellation algorithm uses an adaptive filter 214 to learn the acoustic transfer function 216 from
the speaker(s) 204 to the microphone 210 iI:l order to estimate the echo 206. Since the acoustic
transfer function 216 can often span hundreds of milliseconds, thousands of parameters must be
learned by the adaptive filter 214. As a result, the adaptive filter 214 is often better implemented in
the frequency domain requiring the playback signal (loudspeaker signal) and capture (microphone)
signal to first be converted to the frequency domain using a frequency domain transform 218, 220.
Afterwards, the processed capture signal with reduced echo 224 (the near end processed speech) is
often converted back to the time domain using an inverse frequency domain transform 222. It
should be noted, however, that the actual acoustic echo cancellation can also be performed in the
time domain. In this case, the capture signal is not converted into the frequency domain, and only
the adaptive filter output is converted from the frequency domain to the time domain. In this case

the echo cancellation takes place in the time domain.

[0039] 2.2 Adaptive Acoustic Echo Cancellation Embodiments.

[0040]  The present adaptive acoustic echo cancellation technique employs a plurality of
acoustic echo cancellation filters which use different adaptation techniques, sometimes with
different parameters, to provide optimum convergence speed and accuracy (minimum

misadjustment) of the acoustic echo cancellation processing.

[0041] A high level flow diagram of one embodiment of the present adaptive acoustic echo
cancellation process is shown in FIG. 3. First, a new frame of playback data (speaker data) and a
corresponding frame of capture data (data captured by the microphone) are received, as shown in
process action 302. The playback/speaker data is then converted into the frequency domain using a

transformation such as, for example, the Fast Fourier Transform (FFT) or the Modulated Complex
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Lapped Transform (MCLT) (process action 304). The microphone/capture data is also converted
into the frequency domain using a transformation such as, for example, the Fast Fourier Transform
(FFT) or the Modulated Complex Lapped Transform (MCLT) (process action 306). These
frequency domain frames are then processed by a plurality of acoustic echo cancellation filters
which use different adaptation techniques, e.g., Least Mean Squares (LMS), Normalized Least
Mean Squares (NLMS), Momentum Normalized Least Mean Squares (MNLMS), Recursive Least
Squares (RLS), Fast Recursive Least Squares (FRLS) to create a separate echo cancelled output in
the frequency domain, as shown in process action 308. The different adaptation techniques can also
use different parameters, such as step size, number of taps, regularization constant, forgetting
factor, in attempting to achieve convergence of the adaptive filter algorithms. The frequency
domain outputs of the plurality of AEC filters are then combined to produce a final echo cancelled,
frequency domain output; as shown in process action 310. Optionally, the final frequency domain
output is then converted back to the time domain to produce the processed, near-end speech signal
312.

[0042]  An exemplary system 400 in which the adaptive acoustic echo cancellation process
shown in FIG. 3 can be implemented is shown in FIG. 4. Here a loud speaker signal x(t) 402 is
input into a linear transform module 404 which converts the loudspeaker signal x(t) which is
originally in the time domain, into the frequency domain, for example by computing a FFT or
MCLT, a filter bank, or any other transform that improves the convergence property of the acoustic
echo cancellation algorithm. A microphone signal y(t) 403 is also input into a linear transform
module 405 which converts the microphone signal y(t) which is originally in the time domain, into
the frequency domain, for example by computing a FFT or MCLT, a filter bank, or any other
transform that improves the convergence property of the acoustic echo cancellation algorithm. The
loudspeaker and microphone signals which have been converted into the frequency domain are then
input into adaptive filters 406. These M*K adaptive filters 406 use different adaptation techniques,
possibly with different parameters, and output M*K corresponding resulting signals where M is the
number of processed subbands and K is the number of different adaptation techniques per subband.
It should be noted that the number of different adaptation techniques may vary for each subband.
For each frequency subband m, a linear combination of these K outputs is computed in a linear (or
non-linear) combination module 408. This can be done in a number of possible ways. For

example, a linear combination can be performed by using:
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E(m) =3 a,(m) & (m) M

k=1

where Ex(m) is the output of the k-th acoustic echo cancellation (AEC) filter, at the frequency bin
m, and @ k(m) is the corresponding gain for that filter. Typically, the sum of the gains over all k’s
adds up to one. A sample linear combination could be where the o.’s are inversely proportional to
the energy of the echo residual, and such that they add up to one, i.e.:

a,om =,

kz__', R, (m)

)

where Ry(m) is the inverse of the expected (or average) energy in band m for AEC filter k, i.e.,

R, (m) =1/ E{§,(m)}, where E{&,(m)} denotes expected value. Once a linear combination of the
K outputs is computed for each frequency band, the frequency domain output can be optionally
converted back into the time domain in an inverse transform module 410 to produce the final

processed near-end speech signal 412.

[0043] 2.3 Dual-Structured Adaptive Acoustic Echo Cancellation.

[0044] The following sections describe a dual-structured acoustic echo cancellation technique,

where one part employs fast adaptation and the other part employs smooth adaptation.

[0045] - 2.3.1 Fast and Smooth Adaptation.

[0046]  Acoustic echo cancellation adaptation can be roughly divided into two phases: large,
rapid changes are required to adapt to major acoustical changes (such as someone moving close to a
microphone or speaker); smaller changes are required to adapt to minor perturbations or echo path
changes (such as people located far away from the microphone or speaker making small
movements). When an acoustic echo canceller is first operated in a room or other space, or is
moved to a new location, it needs to adapt to the new acoustics of its surroundings. An acoustic
echo canceller should approach this level of acoustical change quickly and unobtrusively by
determining when it is in the receive state and adapting rapidly during that state. This is called fast
adaptation. In response to smaller perturbations or echo path changes an acoustic echo canceller
should smoothly and accurately adapt to these changes, minimizing the misadjustment. This is

called smooth adaptation.

10
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[0047] 232 Dual-Structured Adaptive Acoustic Echo Cancellation Architecture.

[0048]  In another embodiment of the present adaptive acoustic echo cancellation system, shown
in FIG. 3, a dual-structured acoustic echo cancellation architecture 500 is employed in which one
part performs fast adaptation 502, while the second part 504 of the architecfure performs smooth
adaptation. At any given time a convergence detector 506 is used to decide which of the two parts
502, 504 should be used. In one version, a Normalized Least Mean Squares (NLMS) algorithm is
used for fast adaptation, while a Momentum Normalized Least Mean Squares (MNLMS) algorithm
is used for smooth adaptation. One embodiment of this architecture also processes high frequency
bands differently from low frequency bands in order to optimize the speed and accuracy of the
acoustic echo cancellation. Details of the NLMS and the MNLMS algorithms, and variations for

high band and low band processing, are provided in the sections below.

[0049]  2.3.2.1 Standard NLMS Filtering.

[0050]  The NLMS algorithm is the most widely used algorithm in acoustic echo cancellation
and it provides a low cost way to determine the optimum adaptive filter coefficients. The algorithm
minimizes the mean square of the residual echo error signal at each adaptation step (e.g. at each
input sample), hence the name of the algorithm. Normalization by the signal power is used to
improve the estimate of the gradient which is used to update the adaptive filter coefficients. NLMS
updates the adaptive filter coefficients depending upon the error signal from the unprocessed
microphone signal and the echo cancelled by the current adaptive filter. In high noise
environments, this error is increased by the uncorrelated noise which causes the adaptive filter

coefficients to move away from the optimal solution.

[0051] A version of the NLMS algorithm with regularization, which implements the adaptive
filter coefficient update in computing the fast adaptation acoustic echo cancellation output shown in

FIG. 6, 604, may be computed as follows:

[0052] For each frame of audio data, n =1, 2, ..., and each subband of the frequency band m =
1 ... M, compute

11
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é(m) = y(na m) —-wf (n’ m)X(n, m) (3)

W (n+1,m) = W (n, m)+ o m‘)‘+ o x(n, m)& (m) @

where & is the error signal between the microphone signal, y(,m), and the estimated echo, &" is the

conjugate of the error signal,
W m) =W (mm,0) W (ml) - W (nmL-1)] ©)

is the Hermitian transpose of the estimated echo filter coefficients in the transform domain, Z is the

number of taps in the estimated echo filter,
x(m,m)=[x(n,m) x(n—1,m) - x(n—L+1lm)] (6)

is a column vector of the most recent L speaker samples, p is the step size, Byuus is a regularization
factor, and Pryu(n,m) is the estimate of the power in the m™ band. For example, Pgq(#,m) can be

found as
P, (n,m) = (1= @) Py, (n,m) + at|x(n, m)|* )

where ||x(r, m)||” is the square of the magnitude of the complex speaker signal x(#,m) and O is an

averaging parameter.

[0053]  When dividing one number by a second number, regularization is the process of adding
a small amount of noise to the denominator to ensure the denominator never becomes zero and
causes the fraction to become infinite. In equation (4), Bnywms is the regularization factor that
ensures that the denominator never goes to zero. An alternative way to regularize the fraction is to

set the denominator to some threshold if the denominator is less than the threshold.

[0054]  2.3.2.2 Momentum NLMS Filtering,

12
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[0055]  The momentum normalized least mean squares (MNLMS) algorithm restricts the
adaptation process in order to reduce the adverse effects of the uncorrelated noise on the adaptive
filter tap updates. Since the noise is typically random, but the location of the taps can be relatively
stationary for reasonably long periods of time, the MNLMS acoustic echo cancellation puts more
emphasis on the longer term tap update trajectory than on the short term fluctuations in the error

signal due to near end noise.

[0056] A version of the MNLMS algorithm with regularization, which implements the adaptive
filter coefficient is for smooth adaptive filtering shown in FIG. 5, 504, using the definitions

provided for equations (5)-(7), can be described as:

[0057]  For each frame of audio data, n=1, 2, ..., and each subband m = 1 ... M, compute
&(m) = y(n,m) —w" (n, myx(r, m) (8)

u
Py (n,m) + Byyyis

w'(n+1,m)=w" (n,m)+

x(n,m)& (m)+ a[v‘v (nym)—W(n-1, m)] %)

The MNLMS algorithm corresponds to a second-order adaptive algorithm in that two previous

weight vectors are combined at each iteration of the algorithm to obtain an updated weight vector.

It can be seen that the last term of equation (9), the term « [v‘v (n.m)—W(n —l,m)] , represents the

difference between equation (4) and equation (9). This term is known as the momentum term. If o
is positive, the convergence speed is increased and the misadjustment error is also increased. A
positive value for a could allow the MINLMS method to be used for the fast adaptation AEC
technique. For the smooth adaptation AEC technique, o should be negative which decreases both
the misadjustment error and the convergence time. With a negative value of o, the effects of the
independent near-end noise and the resulting error, £(m), is reduced in the tap update in equation
(9). It subtracts a fraction of the weight increment of the previous iteration thereby reducing the

momentum of the adaptive process. The normalization term is P, (1, m)+ B, -

13



WO 2007/139621 PCT/US2007/008676

[0058] 233 Variations of the Dual-Structured Adaptive Echo Cancellation
Technique.

[0059]  The dual-structured adaptive echo cancellation embodiment shown in FIG. 5 can be
modified to process low frequency bands and high frequencies bands differently and employ

different step sizes in attempting to reach convergence.

[0060]  FIGs. 6, 7 and 8 are flow diagrams illustrating possible variations in processing using
the dual-structured fast/smooth adaptive acoustic echo cancellation embodiment shown in FIG. 5.
The dotted lines indicate possible variations of the process. These flow diagrams assume that the

playback and microphone signals have been converted into the frequency domain.

[0061]  InFIG. 6, a flow diagram illustrating one possible process using the architecture of FIG.
5 is shown. In this embodiment, a playback and corresponding microphone signal are input in the
frequency domain. The playback and corresponding microphone signals are divided into upper and
lower frequency bands, as shown in process action 602. For example, the frequency domain can be
defined as 280 frequency bands, where bands 3-82 are the low frequency bands, and bands 83-282
are the high bands. In this example, bands 1 and 2 are set to zero in order to filter out low
frequency noise. For both the upper and lower frequency bands, the fast adaptation acoustic echo
cancellation output is computed, preferably using the NLMS algorithm, as shown in process action
604. In this embodiment, the output of the fast adaptation acoustic echo cancellation for the upper
frequency bands and the output of the fast adaptation acoustic echo cancellation for the lower
frequency bands are chosen (process actions 606, 608) and combined to create the final acoustic
echo cancellation output in the frequency domain (process action 610). Optionally, the final
acoustic echo cancellation output can be converted to the time domain using an inverse frequency
domain transform. In this embodiment both the upper and lower frequency bands are preferably

processed with the NLMS adaptive algorithm.

[0062]  Alternately, however, in another embodiment, shown in FIG. 7, whose initial actions are
the same aé that of FIG. 6, for both the upper.and lower frequency bands,, the fast adaptation
acoustic echo cancellation output is computed, again preferably using the NLMS al gorithm, as
shown in process actions 702, 704. In this embodiment, the output of the fast adaptation acoustic

echo cancellation is chosen for the upper frequency bands (process action 708) in creating the final
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acoustic echo cancellation in the frequency domain (process action 710). For the lower frequency
bands, the smooth adaptation acoustic echo cancellation output is computed, preferably using the
MNLNS algorithm (process action 712), and is chosen for the lower bands (process action 714) in
creating the final acoustic echo cancellation output in the frequency domain (process action 710).
This embodiment is advantageous in that it quickly converges the adaptation algorithm for the
upper frequency bands where the echo is less perceptible, but more smoothly converges the

adaptation algorithm at the lower frequencies where misadjustment is more audible.

[0063]  In yet another embodiment, shown in FIG. 8, the playback/loudspeaker signal and
corresponding microphone signal (capture data) are input and broken into upper and lower bands
(process action 802). The fast adaptation acoustic echo cancellation output is computed for the
upper bands, preferably using the NLMS algorithm (process action 804), and chosen to create the
final acoustic echo cancellation in the frequency domain (process actions 808, 810). The fast
adaptation acoustic echo cancellation output is also computed for the lower bands (process action
804) and the smooth adaptation acoustic echo cancellation output is also computed for the lower
bands, preferably using the MNLMS algorithm (process action 812). Average cross correlation
convergence detection statistics for each subband of the smooth acoustic echo cancellation ‘
algorithm are then computed (process action 816) and counted to determine which of the smooth or
fast adaptation output for the lower frequency bands should be chosen for creating the final acoustic
echo cancellation frequency domain output. If the smooth acoustic echo cancellation has
converged, the lower bands of the final output frame are loaded with the smooth acoustic echo
cancellation’s output, as shown in process actions 818, 814 and 810. If the smooth acoustic echo
cancellation has not converged, the fast acoustic echo cancellation’s lower bands are loaded in the
final processed frame, as shown in process actions 818, 806 and 810. This embodiment is
advantageous in that it chooses between fast and smooth adaptation for the lower frequency bands

where misadjustments are more audible while optimizing the adaptation algorithms convergence.

[0064] In another embodiment, the playback and capture data are not divided into upper and
lower bands. All bands can be switched between fast and smooth acoustic echo cancellation
outputs. In this embodiment, shown in FIG. 9, the playback signal and corresponding capture
signal, both in the frequency domain, are input . The fast adaptation' acoustic echo cancellation
output is computed, preferably using the NLMS algorithm (process action 904) and then the smooth
adaptation acoustic echo cancellation output is also computed, preferably using the MNLMS

algorithm (process action 906). Average cross correlation convergence detection statistics for each
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sub-band of the smooth acoustic echo cancellation algorithm are then computed and counted
(process action 908) to determine which of the smooth or fast adaptation output should be chosen
for creating the final acoustic echo cancellation frequency domain output. If the smooth acoustic
echo cancellation has converged, the final output frame is loaded with the smooth acoustic echo
cancellation’s output, as shown in process actions 908, 912 and 914. If the smooth acoustic echo
cancellation has not converged, the fast acoustic echo cancellation output is loaded in the final

processed frame, as shown in process actions 908, 910 and 914.

[0065]  In the above-discussed embodiments, it is also possible to switch the step size, p, of the
fast acoustic echo cancellation branch (for example, between 0.35 and 0.2) to further increase the

convergence speed of the overall system.

[0066]  An important component of the dual structured architecture is to be able to switch
between fast and smooth adaptation depending on the convergence conditions of the acoustic echo
cancellation algorithm. To achieve this, the orthogonality property of adaptive algorithms can be
used: when the echo canceller has converged, the acoustic echo cancellation output signal must be
orthogonal to the speaker signal. Further, instead of operating the convergence detector in the time
domain, it is operated in the subband domain; this is explained next. The cross correlation between
the acoustic echo cancellation output E; (n,m) of the lower frequency stream at frame » and the
speaker signal at X(n-i,m) at frame »-i(i=0, ...,L-1) for frequency bin m , where L denotes the

regression model order, is defined as

Py (n,m)
Py (n, m)PE, (1, m)

P (n,m) = (10)

where, F; (n,m), an estimate of the power spectral density for the acoustic echo cancellation

output, Py(n,m), an estimate of the power spectral density for the speaker signal, and P,\"r. (n,m),

the cross power spectral density between the acoustic echo cancellation output and the speaker

signal, are updated using an exponential weighting recursive algorithm:
Pi(nm)= AP (n=1,m)+ (1 A)|E(m,m) [ (1)
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P ()| = A PL(=1,m)[ + = )| X (=i, m)? (12)
P, (n,m)= APy (n~1,m)+ (1= 1)- X (n—i,m)E/ (n, m) (13)

[0067]  Here, A is an exponential weighting factor. In one embodiment A is generally set as
0.95 <4 <1 for slowly time varying signals. Using equation (10), the average cross correlation

(ACC), or smooth adaptation convergence statistic, is defined as

L-1

ponm) == 3|l o) (14

[0068]  For reliable convergence decisions, in one exemplary embodiment, the ACC, or smooth

adaptation convergence statistic, is computed only for the frequency bins 13-82 (325 Hz-2.05 KHz)

where speech signals are predominantly present. At each frame, ;_J(n, m) is compared to a

threshold p,,. If the inequality p(n,m) < Py, is met for more than half of the total frequency bins

considered, it is declared that the smooth acoustic echo canceller has converged, otherwise it is
declared that either the smooth acoustic echo canceller has not converged or the echo path has
changed. The convergence threshold is typically set to be slightly larger than in its steady state

value.

J[0069] Details of the process of computing the smooth adaptation convergence statistic are
shown in FIG. 10. In general, computing the smooth adaptation convergence statistic involves
cross-correlating the smooth acoustic echo cancellation output with the speaker signal. More
specifically, in one embodiment, the first frequency band of acoustic echo cancellation output and
speaker signal spectral coefficients are extracted (process action 1002). An estimate of the power
spectral density for the acoustic echo cancellation output is computed (process action 1004) for the
first frequency band; this can be done using equation (11). An estimate of the power spectral
density for the speaker signal is also calculated (process action 1006) for the first frequency band,
which can be computed using equation (12). Then the cross power spectral density between the
acoustic echo cancellation output and the speaker signal is computed for the first frequency band,
which can be computed using equation (13), as shown in process action 1008. The cross
correlation coefficient between the acoustic echo cancellation output and the speaker signal of the
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current frame are computed for the first frequency band, which can be computed using equation
(10) above, as shown in process action 1010. The cross correlation coefficient over the current and
past frames are averaged to generate the average cross correlation coefficient, or smooth adaptation
convergence statistic for the first frequency band, as shown in process action 1012, preferably
using equation (14). A check is made to see if there are more frequency bands to process (process
action 1014). If there are more bands to process, the acoustic echo cancellation output and the
speaker signal spectral coefficients are obtained 1018 and the process continues for the remaining
frequency bands. In one embodiment, once all frequency bands are processed, the smooth
adaptation convergence statistic (the average cross-correlation coefficient) for each band is
compared to a threshold, as shown in process action 1020. In this embodiment, if the smooth
adaptation convergence statistic is less than or equal to the threshold for more than half of the total
frequency bands considered, it is declared that the smooth acoustic echo canceller has converged
(process action 1022), otherwise it is declared that the smooth acoustic echo canceller has not

converged (process action 1024).

[0070] Tt should be noted that any or all of the aforementioned alternate embodiments may be
used in any combination desired to form additional hybrid embodiments. - Although the subject
matter has been described in language specific to structural features and/or methodological acts, it
is to be understood that the subject matter defined in the appended claims is not necessarily limited
to the specific features or acts described above. Rather, the specific features and acts described

above are disclosed as example forms of implementing the claims.
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Wherefore, what is claimed is:

1. A computer-implemented process for canceling an acoustic echo, comprising using a
computer to perform the ;;rocess actions of}

converting received playback data and corresponding capture data into the frequency
domain (302, 304, 306);

processing the playback data and capture data with a plurality of acoustic echo cancellation
filters which use different adaptation techniques to cancel an echo thereby creating a plurality of
acoustic echo cancellation outputs (308); and

combining the acoustic echo cancellation outputs of the plurality of acoustic echo

cancellation filters to produce a final echo-cancelled output in the frequency domain (310).

2. The computer-implemented process of Claim 1, further comprising the process
action of:
converting the final echo-cancelled output in the frequency domain into the time domain, to

produce processed near-end speech.

3. The computer-implemented process of Claim 1 wherein the plurality of different
adaptation techniques use different parameters in attempting to achieve convergence of adaptive

acoustic echo cancellation filter algorithms.

4. The computer-implemented process of Claim 3 wherein the different parameters
comprise at least one of:

convergence algorithm step size,
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number of taps,
regularization constant, and

forgetting factor.

5. The computer-implemented process of Claim 1 wherein processing the playback
data and capture data with a plurality of acoustic echo cancellation filters which use different
adaptation techniques, comprises the process actions of:

(a) dividing the playback data and the capture data into upper and lower frequency bands;

(b) for the upper frequency bands of the playback data and capture data,

computing a fast adaptation acoustic echo cancellation output,
choosing the fast adaptation acoustic echo cancellation output as the acoustic echo
cancellation output for the upper frequency bands; and

(c) for the lower frequency bands of the playback data and capture data,

computing a smooth adaptation acoustic echo cancellation output;

computing a fast adaptation acoustic echo cancellation output;

computing smooth adaptation acoustic echo cancellation convergence statistics;

using the smooth adaptation convergence statistics to determine if the smooth
adaptation acoustic echo cancellation output has converged;

if the smooth adaptation acoustic echo cancellation output has converged, choosing
the slow adaptation acoustic echo cancellation output as the acoustic echo cancellation output for
the lower frequency bands;

if the smooth adaptation acoustic echo cancellation output has not converged,
choosing the fast adaptation acoustic echo cancellation output as the acoustic echo cancellation

output for the lower frequency bands.
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6. The computer-implemented process of Claim 5 wherein each fast adaptation
acoustic echo cancellation output is computed using a Normalized Least Mean Squares (NLMS)

procedure.

7. The computer-implemented process of Claim 5 wherein each smooth adaptation
acoustic echo cancellation output is computed using a Momentum Normalized Least Mean Squares

(MNLMS) procedure using a negative momentum term.

8. The computer-implemented process of Claim 5 wherein each fast adaptation
acoustic echo cancellation output is computed using one of:

a Least Mean Squares (LMS) procedure;

a Recursive Least Squares (RLS) procedure;

a Fast Recursive Least Squares (FRLS) procedure; or

a Momentum Normalized Least Mean Squares (MNLMS) procedure using a positive

momentum term.

9. - The computer-implemented process of Claim 5 wherein computing smooth
adaptation acoustic echo cancellation convergence statistics comprises cross-correlating the smooth

adaptation acoustic echo cancellation output with the playback data.

10. The computer-implemented process of Claim 9 wherein the process action for
computing smooth adaptation convergence statistics comprises the process actions of:

receiving a smooth adaptation acoustic echo cancellation output and playback data spectral
coefficients of a first frequency band;

for the first and remaining frequency bands,
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computing an estimate of power spectral density for the smooth adaptation acoustic echo
cancellation output;
computing an estimate of the power spectral density for the playback data;
computing a cross-power spe;:tral density between the smooth adaptation acoustic echo
cancellation output and the playback data;
computing cross-correlation coefficients between the smooth adaptation acoustic echo
cancellation output and the playback data for a current playback frame;
averaging the cross-correlation coefficients over the current frame and past frames to
generate an average cross-correlation coefficient; and
using the average cross-correlation coefficient as the smooth adaptation acoustic echo

cancellation convergence statistic in determining whether the smooth adaptation acoustic echo

cancellation output has converged.

11. The process of Claim 10, wherein the process action of using the average cross-
correlation coefficient as the smooth adaptation acoustic echo cancellation convergence statistic in
determining whether the smooth adaptation acoustic echo cancellation output has converged,
comprises:

comparing the average cross-correlation coefficient to a threshold; and

if the average cross-correlation coefficient is less than or equal to the threshold for more
than half of the frequency bands, determining that the smooth acoustic echo cancellation output has
converged;

if the average cross-correlation coefficient is not less than or equal to the threshold for more
than half of the frequency bands, determining that the smooth acoustic echo cancellation output has

not converged.
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12.  The computer-implemented process of Claim 1 wherein processing the playback
data and capture data with a plurality of acoustic echo cancellation filters which use different
adaptation techniques, comprises the process actioﬁs of:

(a) dividing the playback data and capture data into upper and lower frequency bands;

(b) for the upper frequency bands of the playback data and capture data,

computing a fast adaptation acoustic echo cancellation output using a normalized least
mean square procedure,

choosing the fast adaptation acoustic echo cancellation output as the output for the
uppér frequency bands; and

(c) for the lower frequency bands of the playback data and capture data,

computing a fast ada;;tation acoustic echo cancellation output using a normalized least
mean square procedure,
choosing the fast adaptation acoustic echo cancellation 6utput as the output for the lower

frequency bands.

13. The computer-implemented process of Claim 10 wherein computing a fast
adaptation acoustic echo cancellation output using a normalized least mean square procedure,
includes using different step sizes to speed convergence of the fast adaptation acoustic echo

cancellation output.

14. The computer-implemented process of Claim 1 wherein processing the playback
- data and capture data with a plurality of acoustic echo cancellation filters which use different
adaptation techniques, comprises the process actions of:

(@) dividing the playback data and capture data into upper and lower frequency bands;

(b) for the upper frequency bands of the playback data and capture data,
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computing a fast adaptation acoustic echo cancellation output using a normalized least
mean square procedure,
choosing the fast adaptation acoustic echo cancellation output as the acoustic echo
cancellation output for the upper bands; and
(c) for the lower frequency bands of the playback data and capture data,
computing a smooth adaptation acoustic echo cancellation output using a momentum
normalized least mean square procedure;
choosing the smooth adaptation acoustic echo cancellation output as the acoustic

echo cancellation output for the lower bands.

15.  The computer-implemented process of Claim 1 wherein processing the playback
data and capture data with a plurality of acoustic echo cancellation filters which use different
adaptation techniques, comprises the process actions of:

computing a smooth adaptation acoustic echo cancellation output;

computing a fast adaptation acoustic echo cancellation output;

computing smooth adaptation acoustic echo cancellation convergence statistics;

using the smooth adaptation convergence statistics to determine if the smooth
adaptation acoustic echo cancellation output has converged;

if the smooth adaptation acoustic echo cancellation output has converged, choosing
the slow adaptation acoustic echo cancellation output as the final acoustic echo cancellation output;

if the smooth adaptation acoustic echo cancellation output has not converged,
choosing the fast adaptation acoustic echo cancellation output as the final acoustic echo

cancellation output.

16. A system for canceling an estimated echo, comprising;
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a general purpose computing device;

a computer program comprising program modules executable by the general purpose
computing device, wherein the computing device is directed by the program modules of the
computer program to,

input a playback signal (402) into a first linear transform module (404) which
converts the playback signal (402) which is originally in the time domain, into the frequency
domain;

input a capture signal (403) into a second linear transform module (405) which
converts the capture signal (403) which is originally in the time domain, into the frequency domain;

input the converted playback signal and the converted capture signal into a plurality
of adaptive acoustic echo cancellation filters (406), which use different adaptation techniques, and
output corresponding resulting echo cancelled signals in the frequency domain;

. for each frequency, compute a linear combination of the resulting echo cancelled
signals in the frequency domain in a linear combination module (408);
compute processed near-end speech with an echo cancelled (412) by combining the

linear combinations for each frequency in an inverse transform module (410).

17.  The system of Claim 16 wherein the plurality of different adaptation techniques
comprise a combination of two or more of:

a Least Mean Squares (LMS) procedure,

a Normalized Least Mean Squares (NLMS) procedure,

a Recursive Least Squares (RLS) procedure,

a Fast Recursive Least Squares (FRLS) procedure, and

a Momentum Normalized Least Mean Squares (MNLMS) procedure.
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18.  The system of Claim 16 wherein the plurality of different adaptation techniques vary
at least one of:

adaptation algorithm step size,

number of taps,

regularization constant, and

forgetting factor.

19. A system 500 for canceling an acoustic echo, comprising:

a general purpose computing device;

a computer program comprising program modules executable by the general purpose
computing device, wherein the computing device is directed by the program modules of the
computer program to,

(a) receive a captured data signal and a corresponding playback data signal in the
frequency domain;

(b) for the upper frequency bands of ‘the capture data signal and playback data signal,

compute a fast adaptation acoustic echo cancellation output for the upper frequency
bands (502);
choose the fast adaptation acoustic echo cancellation output as the final acoustic echo
canceilation output for the upper frequency bands (508); and

(c) for the lower frequency bands of the capture data signal and playback data signal,

compute a fast adaptation acoustic echo cancellation output (502);

compute a smooth adaptation acoustic echo cancellation output using a momentum
normalized least mean squares procedure (MNLMS) (504);

use a conversion detector (506) to determine if the smooth adaptation acoustic echo

cancellation output has converged;
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if the smooth adaptation acoustic echo cancellation output has converged choose the
smooth adaptation acoustic echo cancellation output for the final acoustic echo cancellation output
for the lower frequency bands(504, 506);

if the smooth adaptation acoustic echo cancellation output has not converged choose
the fast adaptation acoustic echo cancellation output for the final acoustic echo cancellation output
for the lower frequency bands(502, 506); and

() combine the final acoustic echo cancellation output for the high frequency bands

with the final acoustic echo cancellation output for the low frequency bands to create a total final

acoustic echo cancellation output for both the upper and lower frequency bands (508).

20. The system of Claim 19 wherein each fast adaptation acoustic echo cancellation
output is computed using one of:

a Least Mean Squares (LMS) procedure;

a Recursive Least Squares (RLS) procedure; and

a Fast Recursive Least Squares (FRLS) procedure.
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