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(57) Abstract: Various methods and systems for estimating a
room impulse response between an audio source and an array
of microphones are described. In one example, a method in-
cludes receiving audio signals at a microphone of an array of
microphones. The audio signals correspond to each of the mi-
crophones in the array of microphones. The method also in-
cludes determining a room impulse response in a subspace
that is compatible with a geometry of the array of micro-

phones based on the received audio signals.
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BACKGROUND

{0001} Acoustic echo cancellation (AEC) is the problem of eliminating, from the
signal captured by a microphone, the signals radiated by loudspeakers that are placed
in proximity to the microphone. AEC has been an important aspect of bi-directional
communication, including teleconferencing systems, speaker phones, and the like.
The standard problem scenario includes one loudspeaker and one microphone, and the
traditional solution is to train an adaptive filter to remove the indication of loudspeaker
feedback. Due to the importance of the problem, increasing convergence speed,
detecting convergence state, reducing computational complexity, etc. are areas where
research continues to advance.
{0002] A second scenario has recently gained importance, namely, voice control
for home and automobile entertainment systems. These systems usually have
multichannel audio reproduction, e.g., stereo or 5.1 surround systems, operating at
fairly high reproduction levels. The user (i.¢., the desired sound source) may be
several meters away from the microphone, and noise levels can be significant.
SUMMARY
[0003] The following presents a simplified summary in order to provide a basic
understanding of some aspects described herein. This summary is not an extensive
overview of the claimed subject matter. This summary is not intended to identify key
or critical elements of the claimed subject matter nor delineate the scope of the
claimed subject matter. This summary’s sole purpose is to present some concepts of
the claimed subject matter in a simplified form as a prelude to the more detailed
description that is presented later.
[0004] An embodiment provides a method for estimating a room impulse response
between an audio source and an array of microphones. The method includes receiving
audio signals at a microphone of an array of microphones, the audio signals
corresponding to each of the microphones. The method also includes determining a
room impulse response in a subspace that is compatible with a geometry of the array of
microphones based on the received audio signals.
[0005] Another embodiment provides a method for estimating a room impulse
response between an audio source and microphone array. The method includes

receiving audio signals at a microphone of an array of microphones, the audio signals
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corresponding to each of the microphones. The method also includes defining a set of single-
source signals as the single-source signals would impinge on all microphones of the array of
microphones at the same time, each of the single-source signals corresponding to a different
location a single real or virtual source. Furthermore, the method includes finding an
approximation of the received audio signal as a weighted combination of the set of single-source
signals. The method includes estimating a room impulse response from the audio source to each of
the microphones of the array of microphones, the impulse response corresponding to the weighted
combination. The method concludes by canceling acoustic echo from the received audio signal
using the impulse response.

[0006] Another embodiment provides a system for implementing acoustic echo cancellation of
audible feedback experienced in an arrangement of an audio source and microphone array. The
system includes a processor to execute processor executable code, an array of microphones, and a
storage device that stores processor executable code. When the processor executable code is
executed by the system processor and causes the processor to receive audio signals at a
microphone of the array of microphones, the audio signals corresponding to each of the
microphones. The processor is configured to define a set of single-source signals as the single-
source signals would impinge on all microphones of the array of microphones at the same time,
each of the single-source signals corresponding to a different location a single real or virtual
source. The processor is caused to find an approximation of the received audio signal as a
weighted combination of the set of single-source signals. The processor is configured to estimate a
room impulse response from the audio source to each of the microphones of the array of
microphones, the impulse response corresponding to the weighted combination. The processor
finally is caused to cancel acoustic echo from the received audio signal using the impulse
response.

[0006a] According to one aspect of the present invention, there is provided a method for
estimating a room impulse response between an audio source and an array of microphones,
comprising: receiving audio signals at a microphone of an array of microphones, the audio signals
corresponding to each of the microphones; estimating a geometry of the array of microphones;
and determining a room impulse response in a subspace based on the estimated geometry of the
array of microphones and the received audio signals, the received audio signals to be modeled

based in part on a basis vector comprising a sampling interval, a propagation delay from the audio
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source to a center of the array of microphones, a channel length, an individual microphone from
the array of microphones, and an angle of arrival from the received audio signals.

[0006b] According to another aspect of the present invention, there is provided a method for
estimating a room impulse response between an audio source and microphone array, comprising:
receiving audio signals at a microphone of an array of microphones, the audio signals
corresponding to each of the microphones; estimating a geometry of the array of microphones;
defining a set of single-source signals, the single-source signals to impinge on each of the
microphones of the array of microphones at the same time, each of the single-source signals
corresponding to a different location of a real or virtual source; finding an approximation of the
received audio signal as a weighted combination of the set of single-source signals; estimating a
room impulse response from the audio source to each of the microphones of the array of
microphones, the impulse response corresponding to the weighted combination and the room
impulse response being based at least in part on the geometry of the array of microphones, and a
basis vector comprising a sampling interval, a propagation delay from the audio source to a center
of the array of microphones, a channel length, an individual microphone from the array of
microphones, and an angle of arrival from the received audio signals; and canceling acoustic echo
from the received audio signal using the impulse response.

[0006¢c] According to still another aspect of the present invention, there is provided a system for
implementing acoustic echo cancellation of audible feedback experienced in an arrangement of an
audio source and microphone array, comprising: a processor to execute processor executable
code; an array of microphones; and a storage device that stores processor executable code,
wherein the processor executable code, when executed by the processor, causes the processor to:
receive audio signals at a microphone of an array of microphones, the audio signals corresponding
to each of the microphones; estimate a geometry of the array of microphones; define a set of
single-source signals as the single-source signals would impinge on all microphones of the array
of microphones at the same time, each of the single-source signals corresponding to a different
location a single real or virtual source; find an approximation of the received audio signal as a
weighted combination of the set of single-source signals; estimate a room impulse response from
the audio source to each of the microphones of the array of microphones, the impulse response
corresponding to the weighted combination and the room impulse response to be based at least in
part on the geometry of the array of microphones, and a basis vector comprising a sampling

interval, a propagation delay from the audio source to a center of the array of microphones, a

2a
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channel length, an individual microphone from the array of microphones, and an angle of arrival
from the received audio signals; and cancel acoustic echo from the received audio signal using the
impulse response.

[0006d] According to yet another aspect of the present invention, there is provided a method for
estimating a room impulse response between an audio source and an array of microphones,
comprising: receiving audio signals at each microphone of the array of microphones, the audio
signals based on a calibration signal; estimating a geometry of the array of microphones; defining
a set of single-source signals as the single-source signals would impinge on all microphones of the
array of microphones at the same time, each of the single-source signals corresponding to a
different location of a single real or virtual source where a virtual source represents a reflection;
creating an approximation of the received audio signals as a weighted combination of the set of
single-source signals, and estimating a room impulse response from the audio source to each of the
microphones of the array of microphones, the room the impulse response corresponding to the
weighted combination and the room impulse response being based at least in part on the geometry of
the array of microphones, and a basis vector comprising a signal sent by a loudspeaker for multiple
hearing angles and time delays that correspond to many virtual sources; and cancelling acoustic
echo from the received audio signal using the impulse response.

[0006e] According to a further aspect of the present invention, there is provided a system for
implementing acoustic echo cancellation of audible feedback experienced in an arrangement of an
audio source and microphone array, comprising: a processor to execute processor executable
code; an array of microphones; and a storage device that stores processor executable code,
wherein the processor executable code, when executed by the processor, causes the processor to:
receive audio signals at each microphone of an array of microphones, the audio signals based on a
calibration signal; estimate a geometry of the array of microphones; define a set of single-source
signals as the single-source signals would impinge on all microphones of the array of microphones
at the same time, each of the single-source signals corresponding to a different location of a single
real or virtual source, where a virtual source represents a reflection; find an approximation of the
received audio signal as a weighted combination of the set of single-source signals; estimate a
room impulse response from the audio source to cach of the microphones of the array of
microphones, the room impulse response corresponding to the weighted combination and the
room impulse response being based at least in part on the geometry of the array of microphones,

and a basis vector comprising a signal sent by a loudspeaker for multiple hearing angles and time
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delays that correspond to many virtual sources; and cancel acoustic echo from the received audio
signal using the impulse response.
[0006f] According to yet a further aspect of the present invention, there is provided a computer
readable medium having stored thereon computer executable instructions, that when executed on a
computer implement the method as described herein.

BRIEF DESCRIPTION OF THE DRAWINGS
[0007]  The following detailed description may be better understood by referencing the
accompanying drawings, which contain specific examples of numerous features of the disclosed
subject matter.
[0008] Fig. 1 is a schematic of a room where audible signal reflections are modeled as virtual
image sources.
[0009] Fig. 2 is a block diagram of an example of a computing device that can be used for

AEC using sparse array signal processing.

2c
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j0010] Fig. 3 represents a system model of the microphone array and loudspeaker
configuration.

{0011} Fig. 4 is a schematic of the audible signals arriving at a planar, 1-d array.
[0012] Fig. 5 is a process flow diagram of an example method for receiving audio
signals and estimating an impulse response.

[0013] Fig. 6 is a process flow diagram of an example method for cancelling
acoustic echo using sparse array signal processing.

{0014] Fig. 7 is a block diagram showing a tangible, computer-readable storage
media that can storc instructions for cancelling acoustic ccho using sparse array signal
processing.

DETAILED DESCRIPTION

[0015] The problem of acoustic echo cancellation in a reverberant environment
with a microphone array and one or more loudspeakers is considered. Cancelling echo
requires learning the impulse response from a number of loudspeakers to each
microphone in the array of microphones. This has conventionally been done
separately at each microphone for each loudspeaker. However, the signals arriving at
the array share a common structure, which can be exploited to improve the impulse
response estimates.

[0016] Embodiments presented herein are targeted at the initial room transfer
function (RTF) estimation, based on a calibration signal. The techniques described
herein can be extended to the more complex problem of adaptive AEC filters, however
most currently deployed microphone arrays use a calibration signal to initialize the
filters, and later adapt a subset of the filter coefficients. Present embodiments are
dirccted toward, but not limited to, the more relevant problem of the initial RTF
cstimation. Sparscncss of the RTF is well known, and has been used in echo
cancellation. See J. Benesty, et al. “Adaptive algorithms for the identification of
sparse impulse responses,” Selected methods for acoustic echo and noise control, vol.
5, pp- 125-153, 2006. The interaction between beamforming (or spatial filtering) and
echo cancellation has also been considered. See W. Herbordt, et al. “Joint
optimization of acoustic echo cancellation and adaptive beamforming,” Topics in
acoustic echo and noise control, pp. 19-50, 2006. However, in those cases the echo
cancellation filter estimation does not itself take advantage of the array information.
Previous techniques compute each AEC filter separately and do not exploit the array

structure as detailed in the current disclosure.
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{0017}  As apreliminary matter, some of the figures describe concepts in the
context of one or more structural components, referred to as functionalities, modules,
features, elements, etc. The various components shown in the figures can be
implemented in any manner, for example, by software, hardware (e.g., discrete logic
components, etc.), firmware, and so on, or any combination of these implementations.
In some embodiments, the various components may reflect the use of corresponding
components in an actual implementation. In other embodiments, any single
component illustrated in the figures may be implemented by a number of actual
components. The depiction of any two or more separatc components in the figures
may rcflect different functions performed by a single actual component.

[0018] Other figures describe the concepts in flowchart form. In this form, certain
operations are described as constituting distinct blocks performed in a certain order.
Such implementations are exemplary and non-limiting. Certain blocks described
herein can be grouped together and performed in a single operation, certain blocks can
be broken apart into plural component blocks, and certain blocks can be performed in
an order that differs from that which is illustrated herein, including a parallel manner
of performing the blocks. The blocks shown in the flowcharts can be implemented by
software, hardware, firmware, manual processing, and the like, or any combination of
these implementations. As used herein, hardware may include computer systems,
discrete logic components, such as application specific integrated circuits (ASICs), and
the like, as well as any combinations thereof.

[0019] As for terminology, the phrase “configured to” encompasses any way that
any kind of structural component can be constructed to perform an identified
opcration. The structural component can be configured to perform an operation using
softwarc, hardware, firmwarc and the like, or any combinations thercof.

[0020] The term “logic” encompasses any functionality for performing a task. For
instance, each operation illustrated in the flowcharts corresponds to logic for
performing that operation. An operation can be performed using software, hardware,

firmware, etc., or any combinations thereof.

EE Y4 RN

{0021}  Asutilized herein, terms “component,” “system,” “client” and the like are
intended to refer to a computer-related entity, either hardware, software (e.g., in
execution), and/or firmware, or a combination thereof. For example, a component can
be a process running on a processor, an object, an executable, a program, a function, a

library, a subroutine, and/or a computer or a combination of software and hardware.
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By way of illustration, both an application running on a server and the server can be a
component. One or more components can reside within a process and a component
can be localized on one computer and/or distributed between two or more computers.
[0022] Furthermore, the claimed subject matter may be implemented as a method,
apparatus, or article of manufacture using standard programming and/or engineering
techniques to produce software, firmware, hardware, or any combination thereof to
control a computer to implement the disclosed subject matter. The term “article of
manufacture” as used herein is intended to encompass a computer program accessible
from any tangible, computer-readable device, or media.

[0023] Computer-rcadable storage media can include but are not limited to
magnetic storage devices (¢.g., hard disk, floppy disk, and magnetic strips, among
others), optical disks (e.g., compact disk (CD), and digital versatile disk (DVD),
among others), smart cards, and flash memory devices (e.g., card, stick, and key drive,
among others). In contrast, computer-readable media generally (i.e., not storage
media) may additionally include communication media such as transmission media for
wireless signals and the like.

[0024] Embodiments of the techniques described herein are directed toward, but
not limited to, room transfer function estimation. The present embodiments consider
incorporating array information into the estimate of the echo cancellation filters to
achieve the desired result of acoustic echo cancellation.

[0025] Fig. 1 is a schematic of a room 100 where audible signal reflections 110 are
modeled as virtual image sources 108. Loudspeaker 102 emits sound waves 104 in all
directions that reverberate within the room 100, reflecting off walls and other surfaces
before being received at the microphone array 106. Each reflection 110 corresponds to
an image source 108 that is used in examples described herein to simulate acoustics
within the room 100. The received signal at the microphone array 106 is the
superposition of the signal received along a number of paths between the loudspeaker
102 transmitting the signal and the receiver at the microphone array 106.

[0026]  An embodiment of the current technique incorporates an algorithm that
takes advantage of the microphone array structure 106, as well as the sparsity of the
reflections 110 arriving at the array, in order to form estimates of the impulse response
between each loudspeaker 102 and microphone 106. The algorithm is shown to
improve performance over a matched filter algorithm on both synthetic and real data.

An embodiment uses known microphone array geometry to improve the room transfer
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function (RTF) estimate at each microphone. This is achieved by exploiting
regularities that appear in the RTFs, owing to the fact that all the microphones are in
the same room, receiving signals from the same loudspeakers and bouncing off the
same obstacles. While we assume the microphone array geometry is known, it should
be noted that the geometry of the microphone arrays 106 does not need to be known in
advance of collecting the signals described herein. In other words, it is not necessary
to know the configuration of the array beforehand, as this can be estimated using the
received signals. A person familiar with the art will know how to use correlation and
multiple received signals to estimate array geometry.

[0027] Fig. 2 is a block diagram of an example of a computing device 200 that can
be used for AEC using sparse array signal processing. The computing system 200 can
be, for example, the Xbox Kinect® used in conjunction with the Xbox 360® or Xbox
One® platform by Microsoft®, or similar audio capture devices. In some
embodiments, the computing system 200 may be a desktop computer, for example,
used by a reviewer to provide feedback. In another embodiment, the computing
system 200 can be incorporated within the dashboard display and user interface in
many newer automobiles. The computing system 200 can include a processor 202 that
is adapted to execute stored instructions, as well as a memory device 204 that stores
instructions that are executable by the processor 202. The processor 202 can be a
single core processor, a multi-core processor, a computing cluster, or any number of
other configurations. The memory device 204 can include random access memory
(c.g., SRAM, DRAM, zero capacitor RAM, SONOS, ¢eDRAM, EDO RAM, DDR
RAM, RRAM, PRAM, etc.), read only memory (e.g., Mask ROM, PROM, EPROM,
EEPROM, ctc.), flash memory, or any other suitable memory systems. The
instructions that are executed by the processor 202 can be used for acoustic echo
cancellation using signal processing based on sparsely represented arrays.

{0028} The processor 202 may be connected through a system bus 206 (e.g., a
proprietary bus, PCI, ISA, PCI-Express, HyperTransport®, NuBus, etc.) to an
input/output (I/0) device interface 208 adapted to connect the computing system 200
to one or more I/0 devices 210. The I/O devices 210 can include, for example, a
camera, a gesture recognition input device, a keyboard, a pointing device, a voice
recognition device, and a network interface, among others. The pointing device may
include a touchpad or a touchscreen, among others. In the current disclosure, an

important I/O device is the microphone array 106 that is connected to the computing
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system 200. The I/O devices 210 can be built-in components of the computing system
200, or can be devices that are externally connected to the computing system 200.
[0029] The processor 202 can also be linked through the system bus 206 to a
display device interface 212 adapted to connect the computing system 200 to a display
device 214. The display device 214 may include a display screen that is a built-in
component of the computing system 200. The display device 214 can also include a
computer monitor, television, or projector, among others, that is externally connected
to the computing system 200.

[0030] Storage 216 can be coupled to the processor 202 through the bus 206. The
storage 216 can includc a hard drive, a solid statc drive, an optical drive, a USB flash
drive, an array of drives, or any combinations thereof. The storage 216 can include a
number of modules configured to implement acoustic echo cancellation using sparse
array signal processing as described herein. For example, the storage 216 can include
a signal arranging module 218 configured to arrange the received signals 110 at all of
the microphones of the microphone array 106 into a single large vector.

{0031} The storage 216 can further include a basis vector module 220 for
calculating a basis vector that incorporates a source distance from and angle of a
received signal to the microphone array 106. For each possible angle and each
possible delay time, which can be calculated as a distance, a basis vector can be
defined as the loudspeaker signal if it had been arriving from a specific angle and
delay to the center of the array, stacked up for each microphone of the array of
microphones 106. In an embodiment, all possible angles and delays are discretized
and subjected to a sparse solver before an impulse response can be generated that
cancels the acoustic echo experienced at the microphone array 106. Thus, the received
signal becomes a weighted combination of a few of the basis vectors (a few because
the possible number of angles and delays is much larger than those actually received at
the microphone array 106).

{0032} Also included in storage 106 can be a sparse solver module 222. Because
there are millions of angles and delays, and since each of them needs to be represented
by a basis vector, the total size of the basis matrix is huge. Each possible location is to
be represented, whether those signals represented by the basis vector are real or virtual.
Through a convex optimization procedure, the sparse solver module 222 uses weighted
basis vectors and determines weights of a minimum value that satisfy a particular

reconstruction error. The optimization procedure can be, for example, Basis Pursuit
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Denoising (BPDN), a well-known method to solve the problem of approximate
representation of with sparse constraints. The sparse solver can also include such
solvers as the SPGL solver, a Matlab™ solver for large-scale one-norm regularized
least squares, which relies on matrix-vector operations.

10033} An impulse response module 224 can also be included in storage 216. The
impulse response module 224 is configured to utilize the basis weights determined
from the sparse solver module 222 and estimate the impulse response from the
loudspeaker 102 to each of the microphones of the array of microphones 106. An
impulse response can be estimated using a basis vector that corresponds to the basis
vector that is calculated by the basis vector module 220. A corresponding basis matrix
can also be configured by the impulse response module 224, and a vector from this
basis matrix can contain the impulse response estimates stacked up in order of each
microphone in the array of microphones 106. The storage 216 can furthermore
include an echo cancellation module 226 that uses the impulse response estimates to
cancel out the acoustic echo received at the array of microphones 106. The echo
cancellation module 226 filters the received signals at each microphone and solves the
AEC problem.

[0034] It is to be understood that the block diagram of Fig. 2 is not intended to
indicate that the computing system 200 is to include all of the components shown in
Fig. 2. Rather, the computing system 200 can include fewer or additional components
not illustrated in Fig. 2, e.g., additional applications, additional modules, additional
memory devices, additional network interfaces (not shown), and the like. Further, the
computing system 200 is not limited to the modules shown as any combinations of the
code used to implement these functions can be implemented.

{0035} Fig. 3 represents a system model of the microphone array and loudspeaker
configuration. During a calibration phase, a training signal /(¢) is played at the
loudspeaker 302. We use a discrete-time notation, and use # as our time index. We
thus denote the discrete-time version of /(f) as /[r]. An exemplary embodiment utilizes
multiple loudspeakers, and this procedure may have to be repeated for each
loudspeaker separately. The RTF from the loudspeaker 302 to the &A™ microphone 304
is denoted as Ai[n] 306, and is assumed to be time invariant, but adaptation can be

performed to track time-varying features. Thus, the signal received at microphone &
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304 is denoted by Equation (1):

a2
i

o d
4

o

(D)

X%
o~
Ny §\\ z . N
SRR = ;
M3 & N

il
In Equation (1), m is a dummy variable used to compute the summation, di[#] is the
desired signal, # is the traditional notation for the time index, and vi[#] is the interfering
noisc. Note that di[r] is assumed to be zero during the calibration phasc. If the RTFs
hi[n] 306 were known, ccho could simply be subtracted from the received signal. Instead,
cancellation filters A, [n], are approximations that are computed and that are used to

(partially) remove the echo from xx[n]by computing an output signal yi[#] given by:
| & Hn o~ ) )

_ sweinl. o
yiln] = SR Sy} ESEECN

%

iy

In Equation (2), like variables are the same as those defined in Equation (1).
{0036] When only one microphone and one loudspeaker are present, the minimum
mean square error estimate of the RTF is known as the “matched filter,” which can be

computed as:

)

In Equation (3), [[n] refers to the whitened version of /[x], and %, [n] refers to xi[#]
after it is filtered by the same filter used to whiten the loudspeaker signal, /[z]. A
statistical whitening procedure beneficially transforms the data so they have an identity
covariance matrix, wherein all samples are statistically independent. The cancellation
filter of Equation (3) is the baseline calculation against which the current echo
cancellation technique is compared. Furthermore, an estimate of each RTF obtained at
the estimator 308 by exploiting the multiple microphones in the array of microphones
can be better than the above optimum.

[0037] Fig. 4 is a schematic of the audible signals arriving at a planar array 400.
Along any one path, the signal has a propagation delay to the center of the array,
which depends on the length of the path, and a (possibly frequency-dependent) gain,
which depends on the nature of the reflections 110 taken. Assuming the reflection 110
arrives at the array 106 as a plane wave, the structure of the received signal along a
particular path is indicated in Fig. 4. For simplicity of notation, assume a lincar array

of microphones, and that the microphones are aligned along the z axis, as in Figure 4,
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and located at positions (z1, z2, ..., zk) 106. For the plane wave impinging upon the
linear array 106, if the continuous time signal at the origin 402 is s(7), then the signal at
a microphone located at zx is s(t — T(zx, 0)), where 1(zx, 0) = — z& cos(0)/c, and c¢ is the
speed of sound. In other words, the signal produced at each microphone 106 by the
plane wave is the same, except for a delay (t) which depends only on the array
geometry and the direction of arrival (0) 404.

Each reflection 110 can correspond to a virtual image source 108 as indicated
in Fig. 1. Equation (4), below, assumes first that the dimensions of the array 106 are
small enough that the wavefronts can be approximated as planar, assumes further that
cvery reflector is flat-fading, and finally assumes P number of sources (real or image)
are sufficient to provide an approximation of the arriving signal. Then under these
assumptions, the signal received at microphone £ of the array of microphones 106 can
be written as:
xiln] = Xoo1 apl (nTS —T, — Z?kcos 9p) + U [n] 4)
In Equation (4), Tp and a,, are, respectively, the delay and attenuation suffered by
wavefront p (including propagation loss and microphone and loudspeaker
directivitics). Furthermore, c is the speed of sound, U [n] includes both the actual
noise ug [n]and possibly any unmodeled signal components, and 0y, is the angle made
by the signal arriving along the p™ path with the axis of the array. 75 is the sampling
interval, and zx is the position of the £-th microphone in the z-axis as defined before.
A set of single-source signals can be defined as single-source signals that would
impinge on all microphones of the array of microphones at the same time, each of the
single-source signals corresponding to a different location a single real or virtual
source.

[0038] Equation (4) and Fig. 4 assume that the array of microphones 106 is
uniform and lincarly aligned. However, this configuration provides only an example
and is not required to implement the current disclosure. Indeed, the array need not be
linear in general. Furthermore, Equation (4) implicitly assumed that the gain is
frequency independent, which is also not required, but is assumed in the
implementation of the techniques described herein.

[0039] Fig. 5 is a process flow diagram of an example method for receiving audio
signals and estimating an impulse response. The method 500 starts at block 502 when

an audio signal is played at one or more loudspeakers, and a corresponding signal is
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received at a microphone of an array of microphones, possibly contaminated by
ambient noise. The method includes a step at block 504 where the family of signals
that could possibly arrive at the microphones as a result of the sound played at the
loudspeaker is estimated. The method also includes a determination at block 506 of a
room impulse response in a subspace that is compatible with a geometry of the array of
microphones based on the received audio signals.

{0040} The process flow diagram of Fig. 5 is not intended to indicate that the steps
of the method 500 are to be executed in any particular order, or that all of the steps of
the method 500 are to be included in every casc. Further, any number of additional
steps may be included within the method 500, depending on the specific application.
[0041] Fig. 6 is a process flow diagram of an example of a method 500 for
implementing acoustic echo cancellation using sparse array signal processing. The
method may be implemented by the computing device 200 described with respect to
Fig. 2. The method 600 begins at block 602 where the audio signals are received at the
microphone array. The received signals are then arranged at block 604 and
represented as a single, large mathematical vector. At block 606, a basis vector is
defined to include a signal sent by a loudspeaker for multiple hearing angles and time
delays that correspond to many virtual sources. The virtual sources or image sources
can be representations of the vast number of possible signal reflections that may
reverberate within a room before being received at the microphone array. Not all of
the possible vectors will thus be analyzed, and a weighted construction can be imposed
to provide a more readily computable data set.

[0042] The method thus continues at block 608 where the received audio signals,
whether virtual or real, are interpreted as a weighted function of a combination of a
number of the basis vectors. The basis vectors and corresponding weights can be
optimized to result in the best representation of the observed vector in some desired

echo space. The optimization can be modeled through the following:

W argaing

g

Voo sk iEhe ~d

)

{0043} In Equation (5), w is the computed best weight vector (i.e., the vector that
minimizes the expression in (5) ), B is a large matrix describing the desired echo
space, and formed by composing all the individual basis vectors; x is the observed
vector; and ¢ is the allowed reconstruction error. In an exemplary embodiment, o is set

to a value slightly larger than the standard deviation of the unmodeled components.
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More specifically, while any value of ¢ will produce results, in this example, ¢ is set to
o = PBov for some P > 1, where ov is the noise standard deviation, and f is a positive
integer. In another embodiment, 3 can be set to 1.5.

[0044] Because of the large amount of data that can represent the audible signals,
the matrix B is likely to be huge, and likely to constitute an overcomplete basis of the
signal space. Thus, it becomes necessary to find efficient ways of solving (5), as well
as finding efficient ways of handling the overcompleteness. This can be done by
imposing a sparsity constraint (imbedded in the norm-1 metric indicated in (5)), and
using a sparse solver. This allows the data in B to be stored and more casily accessed.
At block 610, a sparse solver is utilized to determine weights that satisfy a particular
reconstruction error. As indicated, this reconstruction error can ideally be slightly
larger than the standard deviation of unmodeled components. The reconstruction error
can be, for example, a figure close to a modeling error plus noise. A cleanup
procedure can also be implemented to further improve performance. The cleanup re-
computes all coefficients wy ., found in (5) to be non-zero (or above a certain
threshold), by minimizing the value of |[x — Y9, Wg by, |2. Wherein by, is the basis
vector corresponding to a reflection arriving at angle 0 with delay ¢, and wg ; is the
weight associated with that basis vector (and that has been found as non-zcro in (5)).
[0045] At block 612, an impulsc responsc is cstimated from the loudspeaker to
cach of the microphones of the array of microphones. The impulse response
corresponds to an estimate for the acoustic echo generated by the loudspeaker and is
effectively used to cancel out such echo when it is received at the microphone array.

The impulse response estimate can be computed as, for example, the following vector:

g &\'& ERS (6)

At block 614, the impulse response estimate vector of Equation (6) can be used to
cancel the acoustic echo from the representation of audio signals received at all
microphones of the array of microphones.

{0046} The process flow diagram of Fig. 6 is not intended to indicate that the steps
of the method 600 are to be executed in any particular order, or that all of the steps of
the method 600 are to be included in every case. Further, any number of additional

steps may be included within the method 600, depending on the specific application.
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[0047] Fig. 7 is a block diagram showing a tangible, computer-readable storage
media 700 that can be used for executing AEC using sparse array signal processing.
The tangible, computer-readable storage media 700 may be accessed by a processor
702 over a computer bus 704. Furthermore, the tangible, computer-readable storage
media 700 may include code to direct the processor 702 to perform the steps of the
techniques disclosed herein.

[0048] The tangible, computer-readable storage media 700 can include code 706
configured to direct the processor 702 to receive and process audio signals arriving at a
microphone array. Further, the tangible, computer-readable storage media 700 can
include code 708 configured to direct the processor 702 to facilitate vector
arrangement. For example, the code may instruct the processor 702 to define one
single large vector of possible representations of the received audio signal. Another
block of code 710 can instruct the processor to define a basis vector that can be a
combination of virtual and real source signals. A block of code 712 can then instruct
the processor 702 to create a weighted function over the values of the basis vector, in
order to reduce the amount of representative data to a more manageable size. The
tangible, computer-readable storage media 700 can also include code 714 to instruct
the processor 702 to implement a sparse solver technique to impose a sparsity
constraint on the still very large amount of data defined by the weighted basis vector.
The block of code at 716 can then direct the processor 702 to calculate impulse
response estimations at each microphone of the array of microphones. The impulse
response estimations can then be utilized through block of code 718 to cancel the
acoustic echo that is typically generated in audio systems having microphones that
register delayed reflected audio signals.

[0049] It is to be understood that any number of additional software components
not shown in Fig. 7 may be included within the tangible, computer-readable storage
media 700, depending on the specific application. Although the subject matter has
been described in language specific to structural features and/or methods, it is to be
understood that the subject matter defined in the appended claims is not necessarily
limited to the specific structural features or methods described above. Rather, the
specific structural features and methods described above are disclosed as example

forms of implementing the claims.
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CLAIMS:

1. A method for estimating a room impulse response between an audio source and
an array of microphones, comprising:

receiving audio signals at a microphone of an array of microphones, the audio signals
corresponding to each of the microphones;

estimating a geometry of the array of microphones; and

determining a room impulse response in a subspace based on the estimated geometry
of the array of microphones and the received audio signals, the received audio signals to be
modeled based in part on a basis vector comprising a sampling interval, a propagation delay
from the audio source to a center of the array of microphones, a channel length, an individual
microphone from the array of microphones, and an angle of arrival from the received audio

signals.

2.  The method of claim 1, comprising defining a set of single-source signals as
the single-source signals would impinge on all microphones of the array of microphones at the
same time, each of the single-source signals corresponding to a different location a single real

or virtual source.

3.  The method of claim 1, comprising using the room impulse response to

initialize an acoustic echo cancelation.

4.  The method of claim 1, comprising creating an approximation of the received

audio signals as a weighted combination of the set of single-source signals.

5. The method of claim 4, comprising using a sparse solver to determine a weight

that satisfies a reconstruction error.

6.  The method of claim 5, wherein the weight is optimized utilizing convex

optimization techniques.

7. The method of claim 5, wherein the reconstruction error corresponds to

modeling error plus noise.

14

CA 2932397 2019-11-22



10

15

81797113

8.  The method of claim 1, comprising calculating an impulse response in a

subspace that is compatible with a microphone array geometry.

9.  The method of claim 1, wherein the received audio signals are represented by
basis vectors; wherein the basis vectors are configured to represent real or virtual image

signals that would be received by the microphone array from an unattenuated source.

10. The method of claim 1, wherein the structure of the received signal is modeled

by the following basis vector:

I0-T—-17(z, )

l((Lx - l)Ts -T- T(le 9))

bre = : ;
0-T —-1(z¢, 0)

Ly — DT — T — 7(zk, 0)) |
wherein 1(t) is a function of the continuous time version of the audio source signal;
L, denotes the length of the received calibration signal at each microphone; T is the sampling
interval; T is the propagation delay from the source to the center of the array of microphones;
T is a function of z; and 6; where z; is an individual microphone of the array of microphones;

and 0 is the angle of arrival from the received signal.

11.  The method of claim 1, wherein the impulse response is estimated using

techniques that rely on the fast Fourier transform algorithm.

12.  The method of claim 1, wherein the impulse response is modeled by the

following vector:

15
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sinc(O - —T * TT(,SZI . 9))
sinc(N -1- T+ra. 6) TT(_SZI’ 9))
hro = : ;
sinc( _I+ T;,fK’ 9))
sinc(i — 1 - —T”;f’(’ 2

wherein T; is the sampling interval; T is the propagation delay from the source to the
center of the array of microphones; N denotes the channel length; T is a function of z; and 6;
where 7 is the individual microphone of the array of microphones; and 8 is the angle of

arrival from the received signal.

13. The method of claim 1, wherein the received audio signals are represented by
basis vectors; wherein the basis vectors are configured to represent real or virtual image
signals that would be received by the microphone array from an unattenuated source; and
wherein the basis vectors are combined to form a matrix that is to be solved based on a

sparsity constraint.

14. A method for estimating a room impulse response between an audio source and
microphone array, comprising:

receiving audio signals at a microphone of an array of microphones, the audio signals
corresponding to each of the microphones;

estimating a geometry of the array of microphones;

defining a set of single-source signals, the single-source signals to impinge on each
of the microphones of the array of microphones at the same time, each of the single-source
signals corresponding to a different location of a real or virtual source;

finding an approximation of the received audio signal as a weighted combination of

the set of single-source signals;

16
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estimating a room impulse response from the audio source to each of the
microphones of the array of microphones, the impulse response corresponding to the weighted
combination and the room impulse response being based at least in part on the geometry of
the array of microphones, and a basis vector comprising a sampling interval, a propagation
delay from the audio source to a center of the array of microphones, a channel length, an
individual microphone from the array of microphones, and an angle of arrival from the
received audio signals; and

canceling acoustic echo from the received audio signal using the impulse response.

15. The method of claim 14, wherein the structure of the received audio signal is

modeled by the following basis vector:

0-T-1(z1,8)

Ly - DT, —-T-1(2,0)
brg = : ;
0-T —1(zx, 0))

| {(Lx - DT =T - 1(2k, 9)) |

wherein 1(t) is a function of the continuous time version of the audio source signal;
L, denotes the length of the received calibration signal at each microphone; T; is the sampling
interval; T is the propagation delay from the source to the center of the array of microphones;
T is a function of z; and 6; where z; is an individual microphone of the array of microphones;

and 0 is the angle of arrival from the received signal.

16. The method of claim 14, wherein the impulse response is modeled by the

following vector:

17
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sine(0 - T2 2)
sinc(N L T+T7Efl, 9))
hrg = 5 ;
sinc( - T+ T;,TK’ 9))
_sinc(N -1- ————T+T7(§K’ 0))

wherein T is the sampling interval; T is the propagation delay from the source to the
center of the array of microphones; N denotes the channel length; T is a function of z; and 6;
where z; is the individual microphone of the array of microphones; and 0 is the angle of

5 arrival from the received signal.

17. A system for implementing acoustic echo cancellation of audible feedback
experienced in an arrangement of an audio source and microphone array, comprising:
a processor to execute processor executable code;
an array of microphones; and
10 a storage device that stores processor executable code, wherein the processor
executable code, when executed by the processor, causes the processor to:
receive audio signals at a microphone of an array of microphones, the audio
signals corresponding to each of the microphones;
estimate a geometry of the array of microphones;

15 define a set of single-source signals as the single-source signals would
impinge on all microphones of the array of microphones at the same time, each of the
single-source signals corresponding to a different location a single real or virtual
source;

find an approximation of the received audio signal as a weighted

20 combination of the set of single-source signals;
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estimate a room impulse response from the audio source to each of the
microphones of the array of microphones, the impulse response corresponding to the
weighted combination and the room impulse response to be based at least in part on
the geometry of the array of microphones, and a basis vector comprising a sampling

5 interval, a propagation delay from the audio source to a center of the array of

microphones, a channel length, an individual microphone from the array of
microphones, and an angle of arrival from the received audio signals; and

cancel acoustic echo from the received audio signal using the impulse

response.

10 18. The system of claim 17, wherein the weighted combination of the set of single-

source signals is optimized utilizing convex optimization techniques.

19. The system of claim 17, wherein the impulse response is estimated using

techniques that rely on the fast Fourier transform algorithm.

20. The system of claim 17, wherein the structure of the received audio signal is

15 modeled by the following basis vector:

I(0-T-1(z1,9)
Ly — DT, ~ T~ 7(z,, 6))
bre = 5 ;
I0-T —7(zx, 0)

| {(Ly = DT =T - v(zx, 6)) |
wherein 1(t) is a function of the continuous time version of the audio source signal;

L, denotes the length of the received calibration signal at each microphone; T is the sampling

interval; T is the propagation delay from the source to the center of the array of microphones;

20 T is a function of z; and 0; where z; is an individual microphone of the array of microphones;

and 0 is the angle of arrival from the received signal.

19
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21. The system of claim 17, wherein the impulse response is modeled by the

following vector:

sinc(O _ T+T;Szl, 9))
sinc(N— _ T+TT(;21, 9))
hrp = 5 ;
sinc( _ T+TT(§K, 0))
_sinc(N -1- —T+T;§K’ 9))

wherein T; is the sampling interval; T is the propagation delay from the source to the
center of the array of microphones; N denotes the channel length; T is a function of z; and 9;
where z; is the individual microphone of the array of microphones; and 0 is the angle of

arrival from the received signal.

22.

an array of microphones, comprising:

A method for estimating a room impulse response between an audio source and

receiving audio signals at each microphone; of the array of microphones, the audio
signals based on a calibration signal;

estimating a geometry of the array of microphones;

defining a set of single-source signals as the single-source signals would impinge on
all microphones of the array of microphones at the same time, each of the single-source
signals corresponding to a different location of a single real or virtual source where a virtual
source represents a reflection;

creating an approximation of the received audio signals as a weighted combination of
the set of single-source signals, and

estimating a room impulse response from the audio source to each of the microphones

of the array of microphones, the room the impulse response corresponding to the weighted

20
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combination and the room impulse response being based at least in part on the geometry of the
array of microphones, and a basis vector comprising a signal sent by a loudspeaker for multiple
hearing angles and time delays that correspond to many virtual sources; and

cancelling acoustic echo from the received audio signal using the impulse response.

23. The method of claim 22, wherein the basis vector comprises a sampling
interval, a propagation delay from the audio source to a centre of the array of microphones, an
individual microphone from the array of microphones, and an angle of arrival from the

received audio signals.

24. The method of claim 22, comprising using the estimated room impulse

response to initialize an acoustic echo cancelation.

25. The method of claim 22 wherein the step of creating an approximation of the
received audio signal as a weighted combination of the set of single-source signals comprises
using a sparse solver to determine a weight that satisfies a reconstruction error, and wherein
the weight is optimized utilizing convex optimization techniques, and wherein the

reconstruction error corresponds to modeling error plus noise.

26. The method of claim 22, wherein the impulse response is estimated using

techniques that rely on the fast Fourier transform algorithm.

27. The method of claim 22, wherein the received audio signals are represented by
basis vectors; wherein the basis vectors are configured to represent real or virtual image

signals that would be received by the microphone array from an unattenuated source.

28. A system for implementing acoustic echo cancellation of audible feedback
experienced in an arrangement of an audio source and microphone array, comprising:

a processor to execute processor executable code;

an array of microphones; and

a storage device that stores processor executable code, wherein the processor

executable code, when executed by the processor, causes the processor to:

21
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receive audio signals at each microphone of an array of microphones, the audio
signals based on a calibration signal;

estimate a geometry of the array of microphones;

define a set of single-source signals as the single-source signals would impinge on all
microphones of the array of microphones at the same time, each of the single-source signals
corresponding to a different location of a single real or virtual source, where a virtual source
represents a reflection;

find an approximation of the received audio signal as a weighted combination of the
set of single-source signals;

estimate a room impulse response from the audio source to each of the microphones
of the array of microphones, the room impulse response corresponding to the weighted
combination and the room impulse response being based at least in part on the geometry of
the array of microphones, and a basis vector comprising a signal sent by a loudspeaker for
multiple hearing angles and time delays that correspond to many virtual sources; and

cancel acoustic echo from the received audio signal using the impulse response.

29. The system of claim 28, wherein the processor represents the received audio
signals by basis vectors; wherein the basis vectors are configured to represent real or virtual

image signals that would be received by the microphone array from an unattenuated source.

30. The system of claim 28, wherein the weighted combination of the set of single-

source signals is optimized utilizing convex optimization techniques.

31. The system of claim 28, wherein the impulse response is estimated using

techniques that rely on the fast Fourier transform algorithm.

32. The system of claim 28, wherein the structure of the received audio signal is

modeled by the following basis vector:

22
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HO0-T—7(z1, 9)
ULy = DT =T - 1(z1, 6))

brg = : ;
0-T -1(zx, 8)

| (L - DT~ T-7(2, ) |
wherein 1(t ) is a function of the continuous time version of the audio source signal;
L, denotes the length of the received calibration signal at each microphone; T is the sampling
interval; T is the propagation delay from the source to the center of the array of microphones;
T is a function of z; and 6; where 7 is an individual microphone of the array of microphones;

and 0 is the angle of arrival from the received signal.

33. The method of claim 22, wherein the structure of the received audio signal is
modeled by the following basis vector:

0-T-1(z;, 0)

Ly - DT —-T —7(24, 0)
brg = : ;
I0-T-71(zx, 8)

WLy = )T = T - 1(2x, 6)) |
wherein 1(t) is a function of the continuous time version of the audio source signal;
L, denotes the length of the received calibration signal at each microphone; T; is the sampling
interval; T is the propagation delay from the source to the center of the array of microphones;
T is a function of z; and 0; where z; is an individual microphone of the array of microphones;

and 0 is the angle of arrival from the received audio signal.

34. A computer readable medium having stored thereon computer executable
instructions, that when executed on a computer implement the method of any of claims 1 to

16, 22 to 27, or 33.

23
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