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ECHO CANCELLATION FOR CHANNELS
WITH UNKNOWN TIME-VARYING GAIN

BACKGROUND

1. Technical Field

The invention is related to echo cancellation, and in par-
ticular, to automatic echo cancellation for channels with
unknown varying gain characteristics.

2. Related Art

Echo cancellation is an important element in a variety of
applications, and is well known to those skilled in the art. In
general, echo cancellation is the digital cancellation of elec-
trical or acoustic echoes or signals such that the echoes are
attenuated or eliminated. Typical uses for echo cancellation
include systems for cancelling hybrid echoes, such as echoes
caused by an impedance mismatch along an electrical line;
cancelling periodic noise introduced by a power source, such
as 60 Hz noise introduced via a conventional electrical socket;
or cancelling acoustic echoes, such as echoes caused by
acoustic coupling of sound from a loudspeaker to a micro-
phone. Echo cancellation also allows one signal to be
extracted from a composite of two signals. Regardless of the
type of echo being cancelled, similar techniques are applied.

For example, acoustic echo cancellation (AEC) is gener-
ally used to cancel out the echoes of acoustic sound waves that
are formed in an “echo loop” when sound emitted by one or
more loudspeakers is picked up by one or more microphones.
AEC generally operates by obtaining one or more playback
signals, each going to corresponding loudspeakers, and sub-
tracting an estimate of the echo produced by that playback
signal from the one or more microphone signals. Specifically,
the playback signals through this echo loop are transformed
and delayed, background noise, and possibly near end speech,
are added at the microphone, and a subtraction process for the
echo cancellation is used. The signal obtained after subtrac-
tion is called the error signal, and the typical goal is to mini-
mize the error signal when no near end speech is present in the
microphone signal.

Typical AEC systems generally use adaptive filtering tech-
niques to identify or “learn” a transfer function of the room
that contains the loudspeakers and microphones. This transfer
function generally depends on the physical characteristics of
the room environment. The adaptive filter works by taking the
playback signal sent to the speakers and recursively adjusting
a set of coefficients that represent an impulse response of the
room. The error signal, which is the estimated echo subtracted
from the actual echo, is then used to change the filter coeffi-
cients such that the error is minimized.

Unfortunately, conventional AEC schemes generally
assume that any gain function being applied to the input
signal is constant. Consequently, in the case where a first
input signal is known, but some unknown and varying gain
function is applied to that first input signal, and an unknown
second input signal is then combined with the first input
signal to produce a known composite output signal, conven-
tional AEC schemes are unable to provide adequate echo
cancellation. In other words, where no direct access to the
varying gain function applied to the first input signal is avail-
able, and no direct access to the second input signal is avail-
able, conventional AEC schemes are unable to provide a good
estimate of the second input signal via echo cancellation to
remove the first signal from the composite output signal. This
problem is especially acute in the case where the gain func-
tion varies rapidly, such as in the case of a conventional
automatic gain control (AGC) being applied to the first input
signal.
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2
SUMMARY

This Summary is provided to introduce a selection of con-
cepts 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 sub-
jectmatter, nor is it intended to be used as an aid in determin-
ing the scope of the claimed subject matter.

A “Dynamic Echo Canceller” (DEC), as described herein,
provides a unique signal separation method for separating a
second input signal from a first input signal where an
unknown gain stage is applied to the first input signal in an
environment where a pre-combination output of that gain
stage cannot be accessed. In other words, the DEC is capable
of providing an estimated “clean” copy of the second input
signal where only the first input signal and the composite of
the first and second input signal is available. An example of
such an environment is a “black box” amplifier coupled to a
microphone and a phone line, with access to only the micro-
phone input and a combined output signal where it is desired
to retrieve a clean copy of a remote caller signal from the
combined output.

The signal separation or “echo cancellation” capability
provided by the DEC is applicable to a number of fields,
including, for example: signal separation; cancellation of
echoes caused by impedance mismatches along electrical
lines; cancellation of periodic noise introduced by conven-
tional power sources; cancellation of acoustic echoes caused
by acoustic coupling of sound from a loudspeaker to a micro-
phone; cancellation of radar or sonar echoes; etc. Therefore,
it should be understood that the DEC described herein is not
intended to be limited to use in acoustic echo cancellation
(AEC) systems. However, for purposes of explanation, the
DEC will be described in the context of an AEC system with
respect to separation of acoustic audio signals via echo can-
cellation.

In general, the DEC operates by first learning or estimating
a “scale-free channel model” FI given a first input signal x[n]
and an output signal y[n] where H represents a channel char-
acteristic defined by an unknown time-varying gain being
applied to the first input signal x[n] in combination with an
unknown continuous scaling s[n], and y[n] represents a com-
bination of the scaled x[n] with a second input signal r[n].

The scale-free channel model I is basically a multi-tap
filter (also referred to herein as a “transfer function) com-
puted as a function of the input signal x[n] and a normalized
version of y[n]. Once computed, H is then applied to a win-
dowed version of the first input signal X[n] to construct a
transformed signal. The DEC then removes a best-fit projec-
tion of this transformed signal from the output signal y[n] to
recover an estimate copy of the second input signal r[n]. Note
that it is assumed that second input signal r[n] is not directly
available to the DEC.

In particular, in an initial training session, samples of the
first input signal x[n] and the output signal y[n] are provided
to the DEC at a time when the second input signal r[n] is null.
In other words, this initial training session is performed at a
time when no “double-talk” is occurring, i.e., when there is no
contribution to the output signal y[n] from the second input
signal r[n]. As is well known to those skilled in the art, most
DEC algorithms follow this approach of adapting model
parameters only when there is no double-talk, and many
methods for doing double-talk detection can be found in the
literature.

Given these initial training signals, x[n] and y[n], the DEC
first normalizes each sample of y[n] with respect to a “rel-
evant region” of samples from x[n] to generate a normalized



US 8,077,641 B2

3

signal ¥[n]. In general, the relevant region of samples from
x[n] for each sample of y[n] includes those samples from x[n]
that will be used to predict each corresponding sample of y[n]
given the scale-free channel model f1. Given the normalized
training signal §[n], the coefficients of Fl are then learned as a
function of x[n] and ¥[n].

In general, once the coefficients of 1 have been learned
from x[n] and §[n], the resulting transform model F is used to
predict the contribution of x[n] to y[n] in a “scale-free” sense
so that an estimate {n] of the second input signal r[n] can be
extracted from y[n].

In particular, once F has been learned, “live signals” x[n]
and y[n] are then evaluated to determine the unknown con-
tinuous scaling s[n] by performing a windowed projection of
h[n]*x[n] onto y[n], where s[n] represents the continuous
scaling (over each window) that provides the “best fit” of
h[n]*x[n] onto y[n]. Finally, given Fl and s[n], the estimate of
the second input signal 1[n] is simply extracted from y[n] as
the residual of the best fit of h[n]*x[n] onto y[n].

In view of the above summary, it is clear that the DEC
described herein provides a unique system and method for
providing echo cancellation where only access to an input
signal and a composite output signal are available, and the
input signal is subjected to an unknown and rapidly varying
gain. In addition to the just described benefits, other advan-
tages of the DEC will become apparent from the detailed
description that follows hereinafter when taken in conjunc-
tion with the accompanying drawing figures.

DESCRIPTION OF THE DRAWINGS

The specific features, aspects, and advantages of the
present invention will become better understood with regard
to the following description, appended claims, and accompa-
nying drawings where:

FIG. 1 is a general system diagram depicting a general-
purpose computing device constituting an exemplary system
for use in implementing a “Dynamic Echo Canceller” (DEC),
as described herein.

FIG. 2 is a general system diagram depicting a general
device having simplified computing and /O capabilities for
use in implementing a “Dynamic Echo Canceller” (DEC), as
described herein.

FIG. 3 provides an exemplary system diagram showing the
DEC recovering an estimate of an unknown signal from a
combination signal, wherein the combination signal com-
prises a combination of the known signal subjected to an
unknown gain function and the unknown signal, as output
from a “black box™ amplifier, as described herein.

FIG. 4 provides an exemplary architectural flow diagram
that illustrates program modules for implementing the DEC,
as described herein.

FIG. 5 provides an exemplary operational flow diagram
illustrating general operation of one embodiment of the DEC,
as described herein.

DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS

In the following description of the preferred embodiments
of the present invention, reference is made to the accompa-
nying drawings, which 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 inven-
tion.
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1.0 Exemplary Operating Environments:

FIG. 1 and FIG. 2 illustrate two examples of suitable com-
puting environments on which various embodiments and ele-
ments of a “Dynamic Echo Canceller” (DEC), as described
herein, may be implemented.

For example, FIG. 1 illustrates an example of a suitable
computing system environment 100 on which the invention
may be implemented. The computing system environment
100 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 invention. Neither should the com-
puting environment 100 be interpreted as having any depen-
dency or requirement relating to any one or combination of
components illustrated in the exemplary operating environ-
ment 100.

The invention is operational with numerous other general
purpose or special purpose computing system environments
or configurations. Examples of well known computing sys-
tems, environments, and/or configurations that may be suit-
able for use with the invention include, but are not limited to,
personal computers, server computers, hand-held, laptop or
mobile computer or communications devices such as cell
phones and PDA’s, multiprocessor systems, microprocessor-
based systems, set top boxes, programmable consumer elec-
tronics, network PCs, minicomputers, mainframe computers,
distributed computing environments that include any of the
above systems or devices, and the like.

The invention may be described in the general context of
computer-executable instructions, such as program modules,
being executed by a computer in combination with various
hardware modules. Generally, program modules include rou-
tines, programs, objects, components, data structures, etc.,
that perform particular tasks or implement particular abstract
data types. The invention may also be practiced in distributed
computing environments where tasks are performed by
remote processing devices that are linked through a commu-
nications network. In a distributed computing environment,
program modules may be located in both local and remote
computer storage media including memory storage devices.
With reference to FIG. 1, an exemplary system for imple-
menting the invention includes a general-purpose computing
device in the form of a computer 110.

Components of computer 110 may include, but are not
limited to, a processing unit 120, a system memory 130, and
a system bus 121 that couples various system components
including the system memory to the processing unit 120. The
system bus 121 may be any of several types of bus structures
including a memory bus or memory controller, a peripheral
bus, and a local bus using any of a variety of bus architectures.
By way of example, and not limitation, such architectures
include Industry Standard Architecture (ISA) bus, Micro
Channel Architecture (MCA) bus, Enhanced ISA (EISA) bus,
Video Electronics Standards Association (VESA) local bus,
and Peripheral Component Interconnect (PCI) bus also
known as Mezzanine bus.

Computer 110 typically includes a variety of computer
readable media. Computer readable media can be any avail-
able media that can be accessed by computer 110 and includes
both volatile and nonvolatile media, removable and non-re-
movable media. By way of example, and not limitation, com-
puter readable media may comprise computer storage media
and communication media. 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.
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Computer storage media includes, but is not limited to,
RAM, ROM, PROM, EPROM, EEPROM, flash memory, or
other memory technology; CD-ROM, digital versatile disks
(DVD), or other optical disk storage; magnetic cassettes,
magnetic tape, magnetic disk storage, or other magnetic stor-
age devices; or any other medium which can be used to store
the desired information and which can be accessed by com-
puter 110. Communication media typically embodies com-
puter 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
includes wired media such as a wired network or direct-wired
connection, and wireless media such as acoustic, RF, infrared,
and other wireless media. Combinations of any of the above
should also be included within the scope of computer read-
able media.

The system memory 130 includes computer storage media
in the form of volatile and/or nonvolatile memory such as read
only memory (ROM) 131 and random access memory
(RAM) 132. A basic input/output system 133 (BIOS), con-
taining the basic routines that help to transfer information
between elements within computer 110, such as during start-
up, is typically stored in ROM 131. RAM 132 typically con-
tains data and/or program modules that are immediately
accessible to and/or presently being operated on by process-
ing unit 120. By way of example, and not limitation, FIG. 1
illustrates operating system 134, application programs 135,
other program modules 136, and program data 137.

The computer 110 may also include other removable/non-
removable, volatile/nonvolatile computer storage media. By
way of example only, FIG. 1 illustrates a hard disk drive 141
that reads from or writes to non-removable, nonvolatile mag-
netic media, a magnetic disk drive 151 that reads from or
writes to a removable, nonvolatile magnetic disk 152, and an
optical disk drive 155 that reads from or writes to a remov-
able, nonvolatile optical disk 156 such as a CD ROM or other
optical media. Other removable/non-removable, volatile/
nonvolatile computer storage media that can be used in the
exemplary operating environment include, but are not limited
to, magnetic tape cassettes, flash memory cards, digital ver-
satile disks, digital video tape, solid state RAM, solid state
ROM, and the like. The hard disk drive 141 is typically
connected to the system bus 121 through a non-removable
memory interface such as interface 140, and magnetic disk
drive 151 and optical disk drive 155 are typically connected to
the system bus 121 by a removable memory interface, such as
interface 150.

The drives and their associated computer storage media
discussed above and illustrated in FIG. 1, provide storage of
computer readable instructions, data structures, program
modules and other data for the computer 110. In FIG. 1, for
example, hard disk drive 141 is illustrated as storing operating
system 144, application programs 145, other program mod-
ules 146, and program data 147. Note that these components
can either be the same as or different from operating system
134, application programs 135, other program modules 136,
and program data 137. Operating system 144, application
programs 145, other program modules 146, and program data
147 are given different numbers here to illustrate that, at a
minimum, they are different copies. A user may enter com-
mands and information into the computer 110 through input
devices such as a keyboard 162 and pointing device 161,
commonly referred to as a mouse, trackball, or touch pad.
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Other input devices (not shown) may include a joystick,
game pad, satellite dish, scanner, radio receiver, and a televi-
sion or broadcast video receiver, or the like. These and other
input devices are often connected to the processing unit 120
through a wired or wireless user input interface 160 that is
coupled to the system bus 121, but may be connected by other
conventional interface and bus structures, such as, for
example, a parallel port, a game port, a universal serial bus
(USB), an IEEE 1394 interface, a Bluetooth™ wireless inter-
face, an IEEE 802.11 wireless interface, etc. Further, the
computer 110 may also include a speech or audio input
device, such as a microphone or a microphone array 198, as
well as a loudspeaker 197 or other sound output device con-
nected via an audio interface 199, again including conven-
tional wired or wireless interfaces, such as, for example,
parallel, serial, USB, IEEE 1394, Bluetooth™, etc.

A monitor 191 or other type of display device is also
connected to the system bus 121 via an interface, such as a
video interface 190. In addition to the monitor, computers
may also include other peripheral output devices such as a
printer 196, which may be connected through an output
peripheral interface 195.

The computer 110 may operate in a networked environ-
ment using logical connections to one or more remote com-
puters, such as a remote computer 180. The remote computer
180 may be a personal computer, a server, a router, a network
PC, a peer device, or other common network node, and typi-
cally includes many or all of the elements described above
relative to the computer 110, although only a memory storage
device 181 has been illustrated in FIG. 1. The logical connec-
tions depicted in FIG. 1 include a local area network (LAN)
171 and a wide area network (WAN) 173, but may also
include other networks. Such networking environments are
commonplace in offices, enterprise-wide computer networks,
intranets, and the Internet.

When used in a LAN networking environment, the com-
puter 110 is connected to the LAN 171 through a network
interface or adapter 170. When used in a WAN networking
environment, the computer 110 typically includes a modem
172 or other means for establishing communications over the
WAN 173, such as the Internet. The modem 172, which may
be internal or external, may be connected to the system bus
121 via the user input interface 160, or other appropriate
mechanism. In a networked environment, program modules
depicted relative to the computer 110, or portions thereof,
may be stored in the remote memory storage device. By way
of example, and not limitation, FIG. 1 illustrates remote
application programs 185 as residing on memory device 181.
It will be appreciated that the network connections shown are
exemplary and other means of establishing a communications
link between the computers may be used.

With respect to FIG. 2, this figure shows a general system
diagram showing a simplified computing device. Such com-
puting devices can be typically be found in devices having at
least some minimum computational capability in combina-
tion with a communications interface for receiving input sig-
nals, including, for example, cell phones, PDA’s, dedicated
media players (audio and/or video), etc. It should be noted
that any boxes that are represented by broken or dashed lines
in FIG. 2 represent alternate embodiments of the simplified
computing device, and that any or all of these alternate
embodiments, as described below, may be used in combina-
tion with other alternate embodiments that are described
throughout this document.

At a minimum, to allow a device to implement the func-
tionality of the DEC, the device must have some minimum
computational capability, some storage capability, and a com-
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munications interface for allowing signal input. In particular,
as illustrated by FIG. 2, the computational capability is gen-
erally illustrated by processing unit(s) 210 (roughly analo-
gous to processing units 120 described above with respect to
FIG. 1). Note that in contrast to the processing unit(s) 120 of
the general computing device of FIG. 1, the processing unit(s)
210 illustrated in FIG. 2 may be specialized (and inexpensive)
microprocessors, such as a DSP, a VLIW, or other micro-
controller rather than the general-purpose processor unit of a
PC-type computer or the like, as described above.

In addition, the simplified computing device of FIG. 2 may
also include other components, such as, for example one or
more input devices 240 (analogous to the input devices
described with respect to FIG. 1). The simplified computing
device of FIG. 2 may also include other optional components,
such as, for example one or more output devices 250 (analo-
gous to the output devices described with respect to FIG. 1).
The simplified computing device of FIG. 2 also includes
storage 260 that is either removable 270 and/or non-remov-
able 280 (analogous to the storage devices described above
with respect to FIG. 1). Finally, the simplified computing
device of FIG. 2 may also include an analog-to-digital and/or
digital-to-analog converter 290 for converting signals input
via the communications interface 230 to and from analog to
digital as necessary.

The exemplary operating environment having now been
discussed, the remaining part of this description will be
devoted to a discussion of the program modules and processes
embodying a “Dynamic Echo Canceller” (DEC) which pro-
vides echo cancellation where only access to an input signal
and a composite output signal are available, and the input
signal is subjected to an unknown and rapidly varying gain.

2.0 Introduction:

After an initial training session, a “Dynamic Echo Cancel-
ler” (DEC), as described herein, provides echo cancellation
where only access to an input signal and a composite output
signal are available, and the input signal has been subjected to
an unknown variable gain function. For example, in one
embodiment, the DEC uses echo cancellation to provide an
estimated “clean” copy of a second unknown input signal
where only a first input signal and a composite of the first
signal and the second unknown input signal is available. An
example of such an environment is a “black box” amplifier
coupled to a microphone and a phone line, with access to only
the microphone input x[n] and a combined output signal y[n]
where it is desired to retrieve an estimated copy f[n] of an
unknown remote caller signal r[n] from the combined output
y[n].

A simple example of this “black box™ scenario is provided
with respect to FIG. 3. In particular, as illustrated by FIG. 3,
the DEC 300 receives two inputs, a known input signal x[n]
310 and a known combination signal y[n] 320, where y[n] is
the signal resulting from a combination of x[n] with an
unknown signal r[n] 330 following application of an
unknown gain function 340 (across unknown channel H) to
x[n] in a “black box” amplifier 350. The DEC 300 then takes
the two inputs x[n] 310 and y[n] 320 and recovers an estimate
t[n] 360 of the previously unknown signal r[n] 330.

It should be noted that the signal separation or “echo can-
cellation” capability provided by the DEC is applicable to a
number of fields, including, for example: signal separation;
cancellation of echoes caused by impedance mismatches
along electrical lines; cancellation of periodic noise intro-
duced by conventional power sources; cancellation of acous-
tic echoes caused by acoustic coupling of sound from a loud-
speaker to a microphone; cancellation of radar or sonar
echoes; etc. Therefore, it should be understood that the DEC
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described herein is not intended to be limited to use in acous-
tic echo cancellation (AEC) systems. However, for purposes
of'explanation, the DEC will generally be described herein in
the context of an AEC system with respect to separation of
acoustic audio signals via echo cancellation.

2.1 System Overview:

As noted above, the DEC described herein provides an
echo cancellation capability where only access to an input
signal x[n] and a composite output signal y[n] are available,
and a channel H receiving the input signal is subjected to a
channel characteristic defined by an unknown time-varying
gain, H in combination with an unknown continuous scaling
s[n]. As noted above, the composite output signal y[n] is
comprised of a scaled version of the input signal X[n] and an
unknown signal r[n]. In other words:

yinj=s/njn]*sn])+r[n]

In general, the DEC is initially trained by first learning or
estimating coefficients of a “scale-free channel model” H
which is basically a multi-tap filter (also referred to herein as
a “transfer function”) computed as a function of the first input
signal x[n] and a normalized version of the combination
output signal y[n]. Note that H represents an unknown, but
varying, gain, being applied to the first input signal x[n] in
combination with an unknown continuous scaling s[n], and
y[n] represents a combination of the scaled x[n] with an
unknown second input signal r[n]. It should be noted in fur-
ther embodiments, H is periodically updated by reevaluating
the signals x[n] and y[n] during periods in which there is
negligible input to y[n] from r[n]. In other words, the initial
training may be repeated as needed to update H in the event
that the signal channel F1 varies slowly over time for some
reason, as is often the case in DEC applications.

Once the coefficients of [l have been learned in the initial
training session, H is then used to predict the contribution of
x[n] to y[n] in a “scale-free” sense so that the estimated copy
t[n] of the second input signal r[n] can be extracted from y[n]
when r[n] is no longer a null signal.

In particular, given F, both x[n] and y[n] are divided intoa
set of windows and a projection-based “best fit” of x[n]*h[n]
is then removed from y[n] to recover the “clean” or estimated
copy I[n] of the second input signal r[n], since, in view of
Equation 1:

Equation 1

rnj=p[n]-s[nj(h{n]*x[n])

In various embodiments, the aforementioned projection is
either a piecewise constant vector projection over the win-
dows, or is a higher order “ramp projection” which is not
piecewise constant over the windows. Note that the ramp
projection allows for a linear (or non-linear) variation in gain
within the window, depending upon the degree of polynomial
used to model the variation in gain attributable to s[n]. Fur-
ther, both the vector projection and the ramp projection may
be used in combination in various embodiments to provide an
increase in the fidelity of the recovered signal t[n].

As should be appreciated by those skilled in the art, the
ability to extract an estimated copy of r[n] from y[n] enables
anumber of capabilities including signal extraction and vari-
ous forms of echo cancellation.

2.2 System Architectural Overview:

The processes summarized above are illustrated by the
general system diagram of FIG. 4. In particular, the system
diagram of FIG. 4 illustrates the interrelationships between
program modules for implementing the DEC, as described
herein. It should be noted that any boxes and interconnections
between boxes that are represented by broken or dashed lines
in FIG. 4 represent alternate embodiments of the DEC

Equation 2
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described herein, and that any or all of these alternate embodi-
ments, as described below, may be used in combination with
other alternate embodiments that are described throughout
this document.

In general, as illustrated by FIG. 4, the DEC begins opera-
tion by using a training signal input module 400 to receive a
pair of training signals x[n] 405 and y[n] 410. Further, it is
assumed that the training signal y[n] 410 has been produced
by subjecting the training signal x[n] 405 to an unknown gain
function (consisting of an unknown and continuously varying
gain) and that there are no other inputs (or only negligible
inputs) to the training signal y[n]. These training signals x[n]
405 and y[n] 410 are then passed to a training module 405
which evaluates x[n] 405 and y[n] 410 to learn coefficients for
the scale free channel model [ 420.

In particular, the training module 420 receives samples of
the input signals x[n] 405 and y[n] 410 at a time when there
are no additional inputs to y[n] other than a scaled version of
x[n]. In other words, it is assumed that the signal r[n] that will
eventually be extracted from y[n], once the DEC has been
trained, is not contributing to y[n] 410 at the time that y[n] is
sampled for training. Given these initial training signals, X[n]
405 and y[n] 410, the training module 415 first normalizes
each sample of y[n] with respect to a “relevant region” of
samples from x[n] to generate a normalized signal ¥[n].

As described in further detail in Section 3, the relevant
region of samples from x[n] 405 for each sample of y[n] 410
includes those samples from x|n] that will be used to predict
each corresponding sample of y[n] given the scale-free chan-
nel model H 420. Given the normalized training signal §[n],
the coefficients of I 420 are then learned as a function of x[n]
405 and §[n] by solving fora set of coefficients (of FT) that will
best fit x[n] to ¥[n]. Note that because x[n] 405 is being fit to
anormalized version of y[n] 410, F1 420 is considered to be a
“scale-free” channel model.

Next, once the training module 415 has returned the chan-
nel model 1 420, the DEC is ready to process “live” signals
x[n] 430 and y[n] 435, wherein y[n] is a combination of an
unknown signal r[n] and the known signal x[n] 430 that has
been scaled by the unknown gain function. In particular, a
signal input module 425 receives both signals x[n]| 430 and
y[n] 435 and the channel model F 420. The signal input
module 425 then passes x[n] 430, y[n] 435, and the channel
model FT 420 to a projection module 440 that predicts the
contribution of x[n] to y[n] by first determining an unknown
continuous scaling s[n] being applied to X[n] in combination
with the variable gain function.

In particular, once 1 has been learned, the projection mod-
ule 440 determines the unknown continuous scaling s[n] by
performing a windowed projection ofh[n]|*x[n] 430 onto y[n]
435, where s[n] represents the continuous scaling (over each
window) that provides the “best fit” of h[n]*x[n] onto y[n]. A
signal output module 445 then outputs the residual of this
projection-based best fit as the recovered estimate t[n] 450 of
the unknown signal r[n], as illustrated by Equation 2.

Finally, in one embodiment, a channel model adaptation
module 455 acts to update the channel model [ at a time when
the second input signal r[n] is null. This retraining of I can be
performed at any time, but will provide better results if it
performed at a time no “double-talk” is occurring, i.e., when
there is no contribution to the output signal y[n] from the
second input signal r[n]. Note that the channel model adap-
tation module 455 operates in the same manner as the training
module 420 to determine the new coefficients of H.

3.0 Operation Overview:

The above-described program modules are employed for
implementing the DEC. As summarized above, the DEC pro-
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vides echo cancellation where only access to an input signal
and a composite output signal are available, and the input
signal has been subjected to an unknown variable gain func-
tion. The following sections provide a detailed discussion of
the operation of the DEC, and of exemplary methods for
implementing the program modules described in Section 2
with respect to FIG. 4.

3.1 Operational Details of the Dynamic Echo Canceller:

The following paragraphs detail specific operational and
alternate embodiments of the DEC described herein. In par-
ticular, the following paragraphs describe details of channel
modeling for initial training of the DEC; windowed projec-
tion-based application of the channel model to live signals;
and window size considerations. Following the detailed
description of the aforementioned features of the DEC, an
operational flow diagram is described in Section 4, with
respect to FIG. 5, which summarizes the overall operation of
various generic embodiments of the DEC in view of the
following detailed description.

3.2 Channel Modeling And Initial Training:

As noted above, the DEC performs the initial channel
modeling for determining the coefficients of [T at a time when
the only input to y[n] is a scaled version of x[n], where the
channel H (corresponding to the “black box” or unknown
gain described above) is modeled as the product of a slowly-
varying characteristic H (i.e., the “scale-free channel model”)
and a continuous scaling s[n] which varies much faster than
. In the time domain, this means:

ynj=snjn]*s[n])

where H is modeled as an all-zero filter having N, +1 coeffi-
cients as illustrated by Equation 4:

Equation 3

H(@)=bo+b 2 +bor 2+, . . +by 27

Further, It should be noted that the order of the gain stage and
the channel have been reversed as a tractable approximation
of the real model.

3.2.1 Finding the Scale-Free Channel Model

As noted above, the DEC first obtains a pair of training
signals x[n] and y[n] in the absence of any remote signal, in
order to characterize the transfer function . Each sample
y[n] is then normalized by the norm of the relevant region of
samples from x[n] that will be used to predict that sample
given our transfer function to generate ¥[n]. In general, the
relevant region of samples from x[n] for each sample of y[n]
includes those samples from x|n] that will be used to predict
each corresponding sample of y[n]. As illustrated by Equation
6, the relevant region of samples from x for each value of ¥ is
the row of the matrix X used in computing the corresponding
value of §. Thus, in view of the channel model F illustrated in
Equation 4, ¥[n] is then determined as illustrated by Equation
5:

Equation 4

llyln = Nyl

- Equation 5
llxl = Ny :n]ll

ln] yln]

Given this normalized signal ¥[n], the filter coefficients b
of T are then determined by finding those coefficients that
provide a best fit of x[n] to ¥[n]. In one embodiment, this best
fit is determined using a least squares approach as illustrated
below in Equation 6. However, it should be appreciated that in
alternate embodiments, other data fitting techniques, includ-
ing for example, techniques such as least mean squares
(LMS), normalized least mean squares (NLMS), etc., may
also be used if desired. In particular, the general idea to find
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the coefficients b of I that provide the best data fit, and as
such, any desired data fitting technique can be used. Assum-
ing a least squares approach, Equation 6 illustrates the
method for determining the coefficients b of H given x[n] to

¥ln]:

- XN, —1]
X[Np]

by,

o [ [3IN =11

=| I[Nl

Equation6

bo

which can be expressed as Xb=¥ to simplify the notation.
Given this problem setup, it is necessary to solve for b, where:
b=y

Note that the length of the training signal pair x[n] and y[n]
can be any desired length. However, it has been observed that
better training results were obtained when the sample length
of the training signal pair x[n] and y[n] was at least an order
of magnitude longer than the number of filter taps of FI. For
example, in a tested embodiment, a filter [T having 201 taps
(100 causal and 100 anticausal) was trained once on a speech
signal (original (x[n]), and subjected to an unknown gain
function (y[n])) that was 64,000 samples in length.

3.3 Applying the Channel Model To Real Signals:

Once [ has been determined, as described above, the DEC
can then be used to predict the contribution of x[n] to y[n] in
a scale-free sense for live signals wherein the unknown signal
r[n] is also making a contribution to y[n], as illustrated by
Equation 8:

Equation 7

Y =s[n] G [n]*hn])+rn]
where r[n] is the remote or unknown signal. However, it
should be clear that s[n] is still needed in order to evaluate
equation 8.

In order to find a non-trivial s[n] it is assumed that s[n] has
some unknown parametric form that varies more slowly than
y[n] itself, but that s[n] varies much faster than H. Without
this assumption, a trivial s[n] could easily be identified that
would completely eliminate y[n] (where s[n]=y[n]/(X[n]*h
[n])), but would unfortunately also eliminate r[n].

However, as described in further detail below, a non-trivial
s[n] is determined via a window-based projection of h[n]*x
[n] onto y[n]. In general, this projection-based technique
operates by breaking both x[n] and y[n] into windows, then
removing the projected “best fit” of h[n]*x[n] from y[n] to
recover the estimate of r[n].

In one embodiment, as described in Section 3.3.1, vector
projection is used to model s[n] as being piecewise constant
over the windows. In a related embodiment, as described in
Section 3.3.2, a “ramp projection” is used to model s[n] over
the windows. Unlike the vector projection of the first embodi-
ment, this “ramp projection” is not piecewise constant over
the windows. In fact, this ramp projection allows for a piece-
wise linear (or non-linear) variation in gain within each win-
dow, depending upon the degree of polynomial used to model
the variation in gain. However, for purposes of explanation,
Section 3.3.2 describes the implementation of a linear ramp.
Those skilled in the art will understand the extension of that
discussion to higher order (and thus non-linear) piecewise
projections for each window.

3.3.1 Vector Projection For Piecewise Constant Gain:

As noted above, in one embodiment s[n] is modeled as a
piecewise constant gain over each window having a length of
W samples. In particular, given a window size of W samples
from h[n]*x[n], which will be referred to here as $[n], and the

Equation 8
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corresponding W samples of y[n], s[n] is modeled as being
constant over the window. Therefore, in identifying s[n], the
scale factor o (representing s[n]) is determined such that
a¥[n] is as close to y[n] as possible. In other words, the scale
factor o is identified for each window that provides the best fit
of hin]*x[n] onto y[n].

In one embodiment, this best fit is determined using a least
squares approach as illustrated below in Equation 9. How-
ever, it should be appreciated that in alternate embodiments,
other data fitting techniques, including for example, tech-
niques such as least mean squares (LMS), normalized least
mean squares (NLMS), etc., may also be used if desired. For
example, with respect to a least squares based best fit, the
scale factor a is determined for each window by finding the o
that minimizes the following equation for a window having
length W:

w-1

min Y (yln] - aylal)

n=0

Equation 9

Expanding Equation 9 and taking the derivative with
respect to o, a single minimum (best fit o value) can be easily
identified as illustrated by Equation 10, where:

Z yirlilnl - ¢y, 5 Equation 10
a==—=

R

As should be appreciated by those skilled in the art, the
formulation of Equation 10 represents a simple vector pro-
jection of y[n] onto ¥[n].

3.3.2 Projection For Piecewise Non-Constant Gain:

As noted above, in one embodiment s[n] is modeled as a
piecewise constant gain over each window having a length of
W samples. However, one potential problem with modeling
s[n] as a piecewise constant gain is that s[n] may actually be
changing over the course of the window. Consequently, in
another embodiment, described below, higher order model-
ing of s[n] is performed to allow for more exact modeling of
the actual gain characteristics of s[n]. This higher order mod-
eling is termed “ramp projection.” As noted above, this ramp
projection allows the gain to vary within each window (either
linearly or non-linearly, depending upon the degree of mod-
eling used).

For example in the case of a linear modeling (first order
polynomial), s[n] is assumed to be piecewise linear within
each window, starting at some unknown offset o and having
some unknown slope . As with the piecewise constant
assumption described in Section 3.3.1, the variables o and §
are determined such that (a+pn)¥[n] is as close to y[n] as
possible. In other words, variables o and f are identified for
each window that provides the best fit of h[n]*x[n] onto y[n].
Again, as with Equation 9, Equation 11 assumes a least
squares fit, however, other data fitting techniques may also be
used. Thus, assuming a least squares fit, this leads to the
minimization problem illustrated by Equation 11, where:

w-1

min ) (el - (@ + pyln?

7 n=0

Equation 11
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Expanding Equation 11 and taking derivatives, a global
minimum can then be identified by solving the following
system of equations:

> 3Mnlyinl

> n3lnlyin]

S Sl

[ Equation 12

3.3.3 Window Length Considerations:

As described above, s[n] is determined across each window
of size W. Therefore, it should be intuitive that the shorter the
window length, the better the fit of $[n] to y[n] will be.
However, shortening the window size too much comes at a
price. In particular, shorter windows will result in more abrupt
changes in the fit signal s[n]¥[n]. This is a subtle issue, since
in the absence of a remote signal r[n], this will often result in
further reducing the power of the residual, which is the
desired effect. However, when r[n] is present, the use of
shorter windows can cause an increase in distortion in the
recovered version t[n] of the remote signal r[n].

The reason for the increase in distortion is that shorter
windows lead to a greater number of degrees of freedom in
s[n], i.e., the size of the pieces of the piecewise constant or
piecewise linear (or non-linear) estimates. Since the minimi-
zation for solving for s[n] is trying to cancel y[n], the use of
shorter windows will therefore act to partially cancel r[n]
along with the transformed version of x[n]. Consequently,
window sizes should not be made so short as to cause undue
distortion in the recovered signal t[n].

4.0 Dynamic Echo Canceller Operational Embodiments:

The processes described above with respect to FIG. 1
through FIG. 4 are illustrated by the general operational flow
diagram of FIG. 5. In general, FIG. 5 illustrates an exemplary
operational flow diagram showing generic operational
embodiments of the DEC. It should be noted that any boxes
and interconnections between boxes that are represented by
broken or dashed lines in FIG. 5 represent alternate embodi-
ments ofthe DEC described herein, and that any or all of these
alternate embodiments, as described below, may be used in
combination with other alternate embodiments that are
described throughout this document.

Further, before describing the operational flow diagram of
FIG. 5, it should also be noted that as with several of the
preceding examples presented herein, FIG. 5 generally illus-
trates the use of the DEC in the role of an acoustic echo
cancellation (AEC) system. However, as noted above, the
DEC is not intended to be limited to use as an AEC system or
to processing audio signals, and the arrangement as illustrated
in FIG. 5 is provided only for purposes of explanation.

In particular, as illustrated by FIG. 5, the DEC begins
operation by receiving 500 a pair of training signals x[n] 405
and y[n] 410 for a channel H. As described above, in the
context of an audio signal, the training signal y[n] 410 is
produced by subjecting the training signal x[n] 405 to an
unknown gain function (across the channel H). A simple
example of this concept is the gain applied to X[n] across the
“black box” amplifier 350 (see discussion of FIG. 3 in Section
2.0).

The DEC then normalizes 510 each sample of y[n] 410
with respect to the “relevant region” of samples from x[n] 405
to generate a normalized signal §[n]. A windowed “best fit” of
the training signal x[n] 405 is then fit to the normalized signal
§[n] to learn the coefficients for the scale free channel model
H 420.
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After the DEC has learned the channel model F 420, the
DEC has been “trained,” and is ready to receive 530 “live”
signals x[n] 430 and y[n] 435, wherein y[n] is a combination
of'an unknown signal r[n] 540 and the known signal x[n] 430
that has been scaled by the unknown gain function of the
“black box” amplifier 350. Once the DEC receives both sig-
nals, x[n] 430 and y[n] 435 and the channel model H 420, a
windowed best fit projection 550 (as described in Section 3.3)
of'h[n]*x[n] 430 onto y[n] 435 is performed to determine the
unknown continuous scaling s[n] being applied to x[n] in
combination with the variable gain function H. Finally, given
this best fit 550 of h[n]*x[n] onto y[n], it is simple to recover
{n] 560, the estimate of r[n] 540, as illustrated by Equation 2,
where t[n]=y[n]-s[n](h[n]*x[n]).

This recovered signal t[n] 450 can then be used for any
desired function, such as, for example, real-time cancellation
of the input signal x[n] 430 from the composite signal y[n]
435.

The foregoing description of the Dynamic Echo Canceller
has been presented for the purposes of illustration and
description. It is not intended to be exhaustive or to limit the
invention to the precise form disclosed. Many modifications
and variations are possible in light of the above teaching.
Further, it should be noted that any or all of the aforemen-
tioned alternate embodiments may be used in any combina-
tion desired to form additional hybrid embodiments of the
Dynamic Echo Canceller. It is intended that the scope of the
invention be limited not by this detailed description, but
rather by the claims appended hereto.

What is claimed is:

1. A process for training a signal extractor for extracting an
unknown signal from a combination signal, comprising pro-
cess actions for:

receiving a first training signal;

receiving a second training signal, wherein the second

training signal represents a version of the first training
signal that has been subjected to an unknown time-
varying gain function across a signal channel, and
wherein the unknown time-varying gain function is not
determined based on any other signal;

identifying coefficients of a scale-free channel model by

performing a best fit of the first training signal to a
normalized version of the second training signal; and

using the coefficients of the scale-free channel model in a

signal extractor for extracting an unknown signal from a
combination signal and a known signal, wherein the
combination signal represents a combination of the
unknown signal and a version of the known signal that
has been subjected to the unknown time-varying gain
function across the signal channel.

2. The process of claim 1 wherein each sample of the
normalized version of the second training signal is separately
produced by normalizing each sample of the second training
signal based on a norm computed from corresponding rel-
evant samples of the first training signal.

3. The process of claim 1 wherein the best fit of the first
training signal to the normalized version of the second train-
ing signal for identifying the coefficients of the scale-free
channel model comprises identifying the coefficients that
minimize an error of a least squares fit of the first training
signal to the normalized version of the second training signal.

4. The process of claim 1 wherein extracting the unknown
signal from the combination signal and the known signal
comprises:

performing a windowed projection of a version of the

known signal that has been filtered by the identified
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coefficients onto the combination signal to identify a
best fit of the filtered version of the known signal to the
combination signal; and

subtracting the identified best fit of the filtered version of

the known signal from the combination signal to recover
a copy of the unknown signal from the combination
signal.

5. The process of claim 4 wherein the windowed projection
assumes a gain that is piecewise constant over each window.

6. The process of claim 4 wherein the windowed projection
assumes a gain that has a parametric form that is not piecewise
constant over each window.

7. A physical computer-readable storage media having
computer executable instructions for cancelling a first signal
from a combination signal, said computer executable instruc-
tions comprising:

receiving a training signal;

identifying filter coefficients corresponding to an unknown

channel characteristic being applied to the training sig-
nal by performing a windowed best-fit of the training
signal to a copy of the training signal that has been
normalized following application of the unknown chan-
nel characteristic to the copy of the training signal, and
wherein the unknown channel characteristic is not deter-
mined based on any other signal;

receiving a composite signal comprising a combination of

anunknown signal and an input signal that has been that
has been modified by the unknown channel characteris-
tic;

performing a windowed projection of'a version of the input

signal that has been filtered by the identified filter coef-
ficients onto the composite signal to identify a best fit of
the filtered version of the input signal to the composite
signal; and

subtracting the identified best fit of the filtered version of

the input signal from the composite signal to cancel the
input signal from the composite signal.

8. The physical computer-readable storage media of claim
7 wherein normalizing the copy of the training signal com-
prises normalizing each sample of the copy of the training
signal as a function of a norm computed from corresponding
relevant samples of the training signal.

9. The physical computer-readable storage media of claim
7 wherein the windowed best-fit of the training signal to the
copy of the training signal comprises identifying the filter
coefficients that minimize an error of the fit of the training
signal to the copy of the training signal.

10. The physical computer-readable storage media of
claim 7 wherein the windowed projection of the filtered ver-
sion of the input signal onto the composite signal uses a vector
projection that assumes a gain that is piecewise constant over
each window.

11. The physical computer-readable storage media of
claim 7 wherein the windowed projection of the filtered ver-
sion of the input signal onto the composite signal uses a
projection that assumes a gain function that has a parametric
form that is not piecewise constant over each window.
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12. The physical computer-readable storage media of
claim 11 wherein the assumed gain function over each win-
dow is linear over time.

13. The physical computer-readable storage media of
claim 11 wherein the assumed gain function over each win-
dow is nonlinear in time but has a parametric form.

14. The physical computer-readable storage media of
claim 7 wherein:

the input signal is received via a microphone and the

unknown signal included within the composite signal
represents a remote audio signal; and

wherein cancellation of the input signal from the compos-

ite signal provides acoustic echo cancellation of the
input signal from the composite signal.

15. A method for separating an unknown signal from a
composite signal, comprising using a computing device to:

receive a direct copy of a training signal (x[n]);

receive a filtered copy (y[n]) of the training signal that has

been transformed by an unknown transfer function, and
wherein the unknown transfer function is not deter-
mined based on any other signal;
identify coefficients for characterizing the unknown trans-
fer function by performing a windowed best fit of x[n] to
a normalized version (¥[n]) of y[n];

receive an input signal;

receive a composite signal comprising a combination of an
unknown signal and a filtered copy of the input signal
that has been transformed by the unknown transfer func-
tion;

identifying a best fit of a copy of the input signal trans-

formed using the identified coefficients by applying a
windowed projection of the transformed copy of the
input signal onto the composite signal; and

separating the unknown signal from the composite signal

by subtracting the best fit copy of the transformed input
signal from the composite signal.

16. The method of claim 15 further wherein $[n] is con-
structed by performing a windowed normalization of y[n]
using norms computed from corresponding relevant samples
of x[n].

17. The method of claim 15 wherein the best fit of X[n] to
¥[n] comprises performing a windowed least squares fit of
x[n] to §[n] to identity the coefficients that characterize the
unknown transfer function.

18. The method of claim 15 wherein the windowed projec-
tion of the transformed copy of the input signal onto the
composite signal uses a vector projection that assumes a
transfer function that is piecewise constant over each window.

19. The method of claim 15 wherein the windowed projec-
tion of the transformed copy of the input signal onto the
composite signal uses a vector projection that assumes a
transfer function that has a parametric form that is not piece-
wise constant over each window.

20. The method of claim 15 wherein separating the
unknown signal from the composite signal by subtracting the
best fit copy of the transformed input signal from the com-
posite signal is used to provide acoustic echo cancellation of
the input signal from the composite signal.
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