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(57) Abstract: Techniques of performing acoustic echo cancellation involve
providing a bi-magnitude filtering operation that performs a first filtering op-
eration when a magnitude of an incoming audio signal to be output from a
loudspeaker is less than a specitied threshold and a second filtering operation
when the magnitude of the incoming audio signal is greater than the thresh-
old. The first filtering operation may take the form of a convolution between
the incoming audio signal and a first impulse response function. The second
filtering operation may take the form of a convolution between a nonlinear
function of the incoming audio signal and a second impulse response func-
tion. For such a convolution, the bi-magnitude filtering operation involves
providing, as the incoming audio signal, samples of the incoming audio sig-
nal over a specified window of time. The first and second impulse response
functions may be determined from an input signal input into a microphone.
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BI-MAGNITUDE PROCESSING FRAMEWORK
FOR NONLINEAR ECHO CANCELLATION IN
MOBILE DEVICES

CROSS REFERENCE TO RELATED APPLICATION
[0001] This application claims priority to U.S. Provisional Application No.
62/356,766, filed on June 30, 2016, the disclosure of which is incorporated herein by

reference in its entirety.

TECHNICAL FIELD
[0002] This description relates to acoustic echo cancelation in mobile devices.
BACKGROUND
[0003] In some voice communication systems, acoustic echo occurs when a

loudspeaker and a microphone become coupled. An example of such a voice
communication system is Web Real-Time Communication (WebRTC), which is a
web-browser enabled communications system. Such web-browser enabled
communications systems offer software-based acoustic echo cancellation (AEC)
operation to reduce or eliminate acoustic echo. A conventional AEC operation
includes using an adaptive filter to identify an echo path of an echo in audio output
from the loudspeaker, synthesizing a replica of the echo, and subtracting the replica of

the echo an audio input into the microphone.

SUMMARY

[0004] In one general aspect, a method can include receiving, by processing
circuitry configured to reduce acoustic echo in an audio system including a
loudspeaker and a microphone, at the loudspeaker of the audio system, an audio
signal from a source location remote from the audio system. The method can also
include performing, by the processing circuitry, a comparison operation on a
magnitude of the audio signal and a threshold magnitude to produce a comparison
result. The method can further include, in response to the comparison result

indicating that the magnitude of the audio signal is less than the threshold magnitude,
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performing, by the processing circuitry, a first filtering operation on an input signal
input into the microphone of the audio system to produce a first filtered input signal;
and transmitting, by the processing circuitry, the first filtered input signal to the
source location. The method can further include, in response to the comparison result
indicating that the magnitude of the audio signal is greater than the threshold
magnitude, performing, by the processing circuitry, a second filtering operation on an
input signal input into the microphone of the audio system to produce a second
filtered input signal, the second filtered input signal being distinct from the first
filtered input signal; and transmitting, by the processing circuitry, the second filtered
input signal to the source location.

[0005] The details of one or more implementations are set forth in the
accompanying drawings and the description below. Other features will be apparent

from the description and drawings, and from the claims.

BRIEF DESCRIPTION OF THE DRAWINGS

[0006] FIG. 1 is a diagram that illustrates an example electronic environment
for implementing improved techniques described herein.

[0007] FIG. 2 is a flow chart that illustrates an example method of performing
the improved techniques within the electronic environment shown in FIG. 1.

[0008] FIG. 3 is a schematic diagram that illustrates an example method of
performing the improved techniques within the electronic environment shown in FIG.
1.

[0009] FIG. 4 illustrates an example of a computer device and a mobile

computer device that can be used with circuits described here.

DETAILED DESCRIPTION

[0010] The above-described conventional acoustic echo cancellation (AEC)
operation assumes that the echo path is linear. While this assumption is true for audio
systems connected to desktop and laptop computers, it is not true for mobile devices
which have low-quality audio components whose inputs and outputs are very close
together. For mobile devices, the echo path may be nonlinear. In this case, the
conventional AEC operation may be ineffective in removing echo from the audio
input.

[0011] In accordance with the implementations described herein and in
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contrast with the above-described conventional AEC operation, improved techniques
of performing AEC operations involve providing a bi-magnitude filtering operation
that performs a first filtering operation when a magnitude of an incoming audio signal
to be output from a loudspeaker is less than a specified threshold and a second
filtering operation when the magnitude of the incoming audio signal is greater than
the threshold. For example, the first filtering operation may take the form of a
convolution between the incoming audio signal and a first impulse response function.
In one example, the first impulse response function can be a generic impulse response
function that optimizes a power of a residual signal, e.g., minimizing the power of the
residual signal. In this example, the second filtering operation may take the form of a
convolution between a nonlinear function of the incoming audio signal and a second
impulse response function. For such a convolution, the bi-magnitude filtering
operation involves providing, as the incoming audio signal, samples of the incoming
audio signal over a specified window of time. The first and second impulse response
functions may be determined from an input signal input into a microphone. In some
implementations, each of the impulse response functions is computed from a
minimization of a power of a residual between the input signal and the respective
output of the convolution.

[0012] Advantageously, the above-described magnitude dependent switch
between the first and second filtering operations provides a simple framework with
which to treat nonlinear echo paths in software-based communication systems in
mobile devices.

[0013] FIG. 1 is a diagram that illustrates an example electronic environment
100 in which the above-described improved techniques may be implemented. As
shown, in FIG. 1, the example electronic environment 100 includes a mobile device
120 and a network 190. In some implementations, the mobile device 120 takes the
form of a smartphone, a tablet computer, or the like.

[0014] The mobile device 120 is configured to provide acoustic echo
cancellation. The mobile device 120 includes a loudspeaker 110, a network interface
122, one or more processing units 124, memory 126, an audio interface 128, and a
microphone 180. The network interface 122 includes, for example, Ethernet adaptors,
Token Ring adaptors, and the like, for converting electronic and/or optical signals
received from the network 170 to electronic form for use by the point cloud

compression computer 120. The set of processing units 124 include one or more
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processing chips and/or assemblies. The memory 126 includes both volatile memory
(e.g., RAM) and non-volatile memory, such as one or more ROMs, disk drives, solid
state drives, and the like. The set of processing units 124 and the memory 126
together form control circuitry, which is configured and arranged to carry out various
methods and functions as described herein.

[0015] In some embodiments, one or more of the components of the mobile
device 120 can be, or can include processors (e.g., processing units 124) configured to
process instructions stored in the memory 126. Examples of such instructions as
depicted in FIG. 1 include an incoming audio signal manager 130, a magnitude
comparison manager 136, a small-magnitude filtering manager 140, a large-
magnitude filtering manager 150, a power minimization manager 160, and a
periodicity manager 170. Further, as illustrated in FIG. 1, the memory 126 is
configured to store various data, which is described with respect to the respective
managers that use such data.

[0016] The incoming audio signal manager 130 is configured to receive
incoming audio signal data 132 over the network interface 122 from an audio source
remote from the mobile device 120, e.g., a party at a far end of a WebRTC session.
The incoming audio signal manager 130, in receiving the audio signal data, is
configured to sample an audio signal received over the network 190 at some
frequency, e.g., 200 samples per second or more or less. Further, the incoming audio
signal manager 130 is configured to store the resulting samples of the audio signal
over a specified window of time specified in the temporal window data 134. The
storing of the audio signal over such a window of time produces, as the incoming
audio signal data 132, a windowed audio signal. In some implementations, the
window of time 134 is specified as a fixed time, e.g., 200 milliseconds, or more or
less. In some the window of time 134 is specified as a fixed number of samples, e.g.,
40 samples per window, or more or less. In some implementations, the incoming
audio signal manager 130 updates the windowed audio signal at a specified frequency,
e.g., once per 200 milliseconds, or more or less frequently.

[0017] The magnitude comparison manager 134 is configured to compare a
magnitude of the windowed audio signal 132 to a threshold magnitude specified in the
magnitude comparison data 138 to produce a comparison result 144. The magnitude
comparison manager 134 is also configured to select one of the small-magnitude

filtering manager 140 or the large-magnitude filtering manager 150 for performing a
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filtering operation on the windowed audio signal 132 according to the comparison
result 144. For example, if the comparison result 144 indicates that the magnitude is
less than the threshold 138, then the magnitude comparison manager 134 is
configured to select the small-magnitude filtering manager 140. In this example, if
the comparison result 144 indicates that the magnitude is greater than the threshold
138, then the magnitude comparison manager 134 is configured to select the large-
magnitude filtering manager 150.

[0018] In some implementations, the magnitude comparison manager 134 is
configured to generate, as the magnitude of the windowed audio signal 132, the
maximum of the absolute values of the amplitudes of the samples of the windowed
audio signal 132 (i.e., the L* norm). In some implementations, the magnitude
comparison manager 134 is configured to generate, as the magnitude of the windowed
audio signal 132, the sum of the squares of the amplitudes of the samples of the
windowed audio signal 132 (i.e., the L? norm).

[0019] The small-magnitude filtering manager 140 is configured to perform a
convolution operation on the windowed audio signal 132 with the small-magnitude
impulse response data 142. In some implementations, the number of samples of the
small-magnitude impulse response data 142 is equal to the number of samples of the
windowed audio signal 132. In some implementations, the number of samples of the
small-magnitude impulse response data 142 is not equal to the number of samples of
the windowed audio signal 132. In such an implementation, the small-magnitude
filtering manager 140 is configured to use the minimum number of samples from the
windowed audio signal 132 and the small-magnitude impulse response data 142.

[0020] The large-magnitude filtering manager 150 is configured to perform a
convolution operation on a nonlinear function of the windowed audio signal 132 with
the large -magnitude impulse response data 154. In some implementations, the
number of samples of the large-magnitude impulse response data 154 is equal to the
number of samples of the windowed audio signal 132. In some implementations, the
number of samples of the large-magnitude impulse response data 154 is not equal to
the number of samples of the windowed audio signal 132. In such an implementation,
the large-magnitude filtering manager 150 is configured to use the minimum number
of samples from the windowed audio signal 132 and the large-magnitude impulse

response data 150.
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[0021] Further, the large-magnitude filtering manager 150 is configured to
perform a nonlinear function evaluation on each of the samples of the windowed
audio signal 132 according to nonlinear function data 152. The nonlinear function
data 152 specifies the nonlinear function evaluation to be performed by the large-
magnitude filtering manager 150 in response to the comparison result 144 indicating
that the magnitude is greater than the threshold 138. For example, the nonlinear
function data 152 may indicate such a nonlinear function via a numerical indicator, a
textual descriptor. The large-magnitude filtering manager 150 is configured to
interpret such an indicator or descriptor and perform the nonlinear function evaluation
according to that interpretation. In some implementations, the nonlinear function
specified in the nonlinear function data 152 may take the form of a power of the value
of a sample of the windowed audio signal 132, e.g., a square of the sample. In some
implementations, such a nonlinear function may take the form of an absolute value, a
square of the absolute value, or any power of the absolute value of a sample.

[0022] The power minimization manager 160 is configured to produce either
the small-magnitude impulse response data 142 or the large-magnitude impulse
response data 154 based on input signal data 156 received from the microphone 180
over the audio interface 128. In some implementations, the power minimization
manager 160 is configured to form a residual as a difference between the input signal
data 156 and a convolution output. The convolution output is a linear combination of
unknown weights and the windowed audio signal 132. The power minimization
manager 160 is then configured to determine either the small-magnitude impulse
response data 142 or the large-magnitude impulse response data 154 by performing a
minimization operation on the power, or the sum of the squares of the values of the
samples of the unknown residual signal, over the unknown weights. The weights that
the power minimization manager 160 determines from the minimization operation
produce either the small-magnitude impulse response data 142 or the large-magnitude
impulse response data 154 and the residual data 162. In some implementations, the
power minimization manager 160 is configured to perform the minimization operation
on the absolute value of the unknown residual, or a power of the absolute value of the
unknown residual, to produce the weights.

[0023] The periodicity manager 170 is configured to cause the power
minimization manager 160 to update the small-magnitude impulse response data 142

or the large-magnitude impulse response data 154 periodically according to a period
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specified in periodicity data 172. The period specified in the periodicity data 172 can
be expressed in terms of absolute time intervals, e.g., 1 second, or more or less, or in
terms of a number of windows of time, e.g., 1 or more windows of time.

[0024] The network 190 is configured and arranged to provide network
connections between the mobile device 120 and any remote audio sources. The
network 190 may implement any of a variety of protocols and topologies that are in
common use for communication over the Internet or other networks. Further, the
network 190 may include various components (e.g., cables, switches/routers,
gateways/bridges, etc.) that are used in such communications.

[0025] In some implementations, the memory 126 can be any type of memory
such as a random-access memory, a disk drive memory, flash memory, and/or so
forth. In some implementations, the memory 126 can be implemented as more than
one memory component (e.g., more than one RAM component or disk drive memory)
associated with the components of the user device 120. In some implementations, the
memory 126 can be a database memory. In some implementations, the memory 126
can be, or can include, a non-local memory. For example, the memory 126 can be, or
can include, a memory shared by multiple devices (not shown). In some
implementations, the memory 126 can be associated with a server device (not shown)
within a network and configured to serve the components of the user device 120.

[0026] The components (e.g., modules, processing units 124) of the mobile
device 120 can be configured to operate based on one or more platforms (e.g., one or
more similar or different platforms) that can include one or more types of hardware,
software, firmware, operating systems, runtime libraries, and/or so forth. In some
implementations, the components of the mobile device 120 can be configured to
operate within a cluster of devices (e.g., a server farm). In such an implementation,
the functionality and processing of the components of the mobile device 120 can be
distributed to several devices of the cluster of devices.

[0027] The components of the mobile device 120 can be, or can include, any
type of hardware and/or software configured to process attributes. In some
implementations, one or more portions of the components shown in the components
of the mobile device 120 in FIG. 1 can be, or can include, a hardware-based module
(e.g., a digital signal processor (DSP), a field programmable gate array (FPGA), a
memory), a firmware module, and/or a software-based module (e.g., a module of

computer code, a set of computer-readable instructions that can be executed at a
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computer). For example, in some implementations, one or more portions of the
components of the mobile device 120 can be, or can include, a software module
configured for execution by at least one processor (not shown). In some
implementations, the functionality of the components can be included in different
modules and/or different components than those shown in FIG. 1.

[0028] Although not shown, in some implementations, the components of the
mobile device 120 (or portions thereof) can be configured to operate within, for
example, a data center (e.g., a cloud computing environment), a computer system, one
or more server/host devices, and/or so forth. In some implementations, the
components of the mobile device 120 (or portions thereof) can be configured to
operate within a network. Thus, the components of the mobile device 120 (or
portions thereof) can be configured to function within various types of network
environments that can include one or more devices and/or one or more server
devices. For example, the network can be, or can include, a local area network
(LAN), a wide area network (WAN), and/or so forth. The network can be, or can
include, a wireless network and/or wireless network implemented using, for example,
gateway devices, bridges, switches, and/or so forth. The network can include one or
more segments and/or can have portions based on various protocols such as Internet
Protocol (IP) and/or a proprietary protocol. The network can include at least a portion
of the Internet.

[0029] In some embodiments, one or more of the components of the mobile
device 120 can be, or can include, processors configured to process instructions stored
in a memory. For example, the incoming audio signal manager 130 (and/or a portion
thereof), the magnitude comparison manager 136 (and/or a portion thereof), the small-
magnitude filtering manager 140 (and/or a portion thereof), the large-magnitude
filtering manager 150 (and/or a portion thereof), the power minimization manager 160
(and/or a portion thereof), and the periodicity manager 170 (and/or a portion thereof)
can be a combination of a processor and a memory configured to execute instructions
related to a process to implement one or more functions.

[0030] FIG. 2 is a flow chart that illustrates an example method 200 of
performingecho cancellation. The method 200 may be performed by software
constructs described in connection with FIG. 1, which reside in memory 126 of the
mobile device 120 and are run by the set of processing units 124.

[0031] At 202, the mobile device 120 receives an audio signal from a source
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location remote from an audio system in which the mobile device 120 is configured to
reduce acoustic echo. In some arrangements, e.g., that illustrated in FIG. 1, the audio
system is included in the mobile device 120. In some arrangements, the audio signal
is expressed as a discrete number of evenly-spaced samples of the audio signal over a
window of time.

[0032] At 204, the mobile device 120 performs a comparison operation on a
magnitude of the audio signal and a threshold magnitude to produce a comparison
result, e.g., comparison result 144. In some arrangements, the magnitude comparison
manager 136 computes the magnitude of the audio signal according to the L*norm,
e.g., the maximum absolute value of a sample over the window of time. In some
arrangements, the magnitude comparison manager 136 computes the magnitude of the
audio signal according to the L?norm, e.g., the sum of the squares of the absolute
values of the samples over the window of time.

[0033] At 206, in response to the comparison result indicating that the
magnitude of the audio signal is less than the threshold magnitude, the mobile device
120 performs a first filtering operation on an input signal input into the microphone of
the audio system to produce a first filtered input signal. In some arrangements, the
mobile device 120 engages the small-magnitude filtering manager 140 to perform a
convolution operation on the windowed audio signal, e.g., audio signal data 132, and
the small-magnitude impulse response data 142. In some arrangements, the first
filtered input signal subsequently produced is a residual signal equal to the difference
between the input signal and the output of the convolution operation. At 208, the
mobile device 120 transmits the first filtered input signal to the source location.

[0034] At 210, in response to the comparison result indicating that the
magnitude of the audio signal is greater than the threshold magnitude, the mobile
device 120 performs a second filtering operation on the input signal input into the
microphone of the audio system to produce a second filtered input signal. In some
arrangements, the mobile device 120 engages the large-magnitude filtering manager
150 to perform a convolution operation on a nonlinear function of the windowed
audio signal, e.g., audio signal data 132, and the large-magnitude impulse response
data 152. In some arrangements, the second filtered input signal subsequently
produced is a residual signal equal to the difference between the input signal and the
output of the convolution operation. At 212, the mobile device 120 transmits the

second filtered input signal to the source location.
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[0035] FIG. 3 is a schematic diagram illustrating an example audio system
300. As illustrated in this diagram, a sample of an audio signal x(n) arrives in the
audio system 300 from a remote location 310 at an instant of time. Circuitry within
the audio system 300 directs the audio signal x(n) to a loudspeaker 302 of the audio
system 300, which is heard by a user 306.

[0036] Acoustic echo occurs when output from the loudspeaker 302 is picked
up by the microphone 304 in addition to voice input from the user 306 to form an
input signal y(n). Circuitry in the audio system 300 is configured to provide an
output signal e(n) back to the remote location 310, that resembles what the user has
provided to the microphone 306 and filters out the output from the loudspeaker 302.

[0037] Because of the inherent nonlinearity of the acoustic echo (e.g., due to
proximity and quality of loudspeaker 302 and microphone 306 in a mobile device,
e.g., mobile device 120), circuitry in the audio system 300 is configured to perform a
filtering operation that depends upon a magnitude of the incoming audio signal x(n).
As shown in FIG. 3 the audio system 300 computes a magnitude of the incoming
audio signal x(n) according to the L*norm, i.e.,

Illeo = max{lx(D) [}y,

where x (i) is the ith sample of the audio signal within a time window of n samples.

[0038] Once the magnitude of the incoming audio signal [|x||, has been
generated at some instant of time soon after the windowed signal x(n) has been
received, the audio system 300 compares this magnitude with a threshold T at a
switch 320. The audio system 300 then performs a filtering operation according to
one of a small-magnitude branch 340 of the circuitry when ||x||, < T and a large-
magnitude branch 350 when ||x||, > T.

[0039] The small-magnitude branch 340 involves performing a linear filtering
operation. This linear filtering operation involves subtracting a convolution between
the windowed audio signal x(n) and an impulse response function h,(n) from the
input signal y(n) to form a residual signal e,(n). For example, this residual signal

might have the mathematical form

n

e,(n) = y(n) — Z x(Dhy(n+1—0).

i=1
[0040] The large-magnitude filtering operation 350 involves performing a

nonlinear filtering operation. This nonlinear filtering operation involves subtracting a

10
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convolution between a nonlinear function g, of the windowed audio signal, i.e.,
g1[x(n)] and an impulse response function h,(n) from the input signal y(n) to form

a residual signal e;(n). In some implementations, the nonlinear function may take

2

the form g,(z) = z%. For example, this residual signal might have the mathematical

form
n
ex() = y(m) = D g FDlhy(n+1-D.
i=1
[0041] The audio system 300 derives each of the impulse response functions

hy(n) and h,(n) by minimizing a power of the respective residual signals e, (n) and
e,(n). For example, the audio system may perform such a minimization for the
residual signal e, (n) by finding the numbers ¢4, ¢;, ..., ¢, such that the residual signal

power P, given by the expression

is a minimum. In some implementations, the impulse response function takes the
form of a weighted harmonic sum, i.e., a sum of coefficients times harmonics (e.g., a
sine or cosine term), each harmonic having a frequency that is a multiple of a
fundamental frequency. In such implementations, the circuitry of the audio system

200 may then apply standard techniques of Fourier analysis to generate the unknown

weights.
[0042] Similarly, the expression for the power in the large-amplitude branch
350 1s
n j 2
P = Z y() — Zcigl[x(i)]
j=1 i=1
[0043] In some implementations, the audio system 300 updates the impulse

response functions h, and h, periodically, e.g., according to a fixed, specified period.
In some implementations, the period is equal to the size of the window of time.
[0044] In some implementations, the small-magnitude branch 350 involves
applying a nonlinear function g, to the windowed audio signal prior to convolution,
where g, is distinct from g;.
[0045] In some implementations, there may be more than two branches at the

switch 320. In such cases, there would be more than one threshold, i.e., with k

11
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branches, there would be k — 1 thresholds T;,T,, ..., Tx_,. Along these lines, if the
magnitude is less than T3, then the audio system would provide a first filter (i.e., first
nonlinear function and first impulse response function) according to a first branch; if
the magnitude is greater than T; and less than T,, then the audio system would
provide a second filter according to a second branch, and so on.

[0046] FIG. 4 illustrates an example of a generic computer device 400 and a
generic mobile computer device 450, which may be used with the techniques
described here.

[0047] As shown in FIG. 4, computing device 400 is intended to represent
various forms of digital computers, such as laptops, desktops, workstations, personal
digital assistants, servers, blade servers, mainframes, and other appropriate computers.
Computing device 450 is intended to represent various forms of mobile devices, such
as personal digital assistants, cellular telephones, smart phones, and other similar
computing devices. The components shown here, their connections and relationships,
and their functions, are meant to be exemplary only, and are not meant to limit
implementations of the inventions described and/or claimed in this document.

[0048] Computing device 400 includes a processor 402, memory 404, a
storage device 406, a high-speed interface 408 connecting to memory 404 and high-
speed expansion ports 410, and a low speed interface 412 connecting to low speed bus
414 and storage device 406. Each of the components 402, 404, 406, 408, 410, and
412, are interconnected using various busses, and may be mounted on a common
motherboard or in other manners as appropriate. The processor 402 can process
instructions for execution within the computing device 400, including instructions
stored in the memory 404 or on the storage device 406 to display graphical
information for a GUI on an external input/output device, such as display 416 coupled
to high speed interface 408. In other implementations, multiple processors and/or
multiple buses may be used, as appropriate, along with multiple memories and types
of memory. Also, multiple computing devices 400 may be connected, with each
device providing portions of the necessary operations (e.g., as a server bank, a group
of blade servers, or a multi-processor system).

[0049] The memory 404 stores information within the computing device 400.
In one implementation, the memory 404 is a volatile memory unit or units. In another

implementation, the memory 404 is a non-volatile memory unit or units. The memory

12



WO 2018/005979 PCT/US2017/040313

404 may also be another form of computer-readable medium, such as a magnetic or
optical disk.

[0050] The storage device 406 is capable of providing mass storage for the
computing device 400. In one implementation, the storage device 406 may be or
contain a computer-readable medium, such as a floppy disk device, a hard disk
device, an optical disk device, or a tape device, a flash memory or other similar solid
state memory device, or an array of devices, including devices in a storage area
network or other configurations. A computer program product can be tangibly
embodied in an information carrier. The computer program product may also contain
instructions that, when executed, perform one or more methods, such as those
described above. The information carrier is a computer- or machine-readable
medium, such as the memory 404, the storage device 406, or memory on processor
402.

[0051] The high speed controller 408 manages bandwidth-intensive operations
for the computing device 400, while the low speed controller 412 manages lower
bandwidth-intensive operations. Such allocation of functions is exemplary only. In
one implementation, the high-speed controller 408 is coupled to memory 404, display
416 (e.g., through a graphics processor or accelerator), and to high-speed expansion
ports 410, which may accept various expansion cards (not shown). In the
implementation, low-speed controller 412 is coupled to storage device 406 and low-
speed expansion port 414, The low-speed expansion port, which may include various
communication ports (e.g., USB, Bluetooth, Ethernet, wireless Ethemet) may be
coupled to one or more input/output devices, such as a keyboard, a pointing device, a
scanner, or a networking device such as a switch or router, e.g., through a network
adapter.

[0052] The computing device 400 may be implemented in a number of
different forms, as shown in the figure. For example, it may be implemented as a
standard server 420, or multiple times in a group of such servers. It may also be
implemented as part of a rack server system 424. In addition, it may be implemented
in a personal computer such as a laptop computer 422. Alternatively, components
from computing device 400 may be combined with other components in a mobile
device (not shown), such as device 450. Each of such devices may contain one or
more of computing device 400, 450, and an entire system may be made up of multiple

computing devices 400, 450 communicating with each other.
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[0053] Computing device 450 includes a processor 452, memory 464, an
input/output device such as a display 454, a communication interface 466, and a
transceiver 468, among other components. The device 450 may also be provided with
a storage device, such as a microdrive or other device, to provide additional storage.
Each of the components 450, 452, 464, 454, 466, and 468, are interconnected using
various buses, and several of the components may be mounted on a common
motherboard or in other manners as appropriate.

[0054] The processor 452 can execute instructions within the computing
device 450, including instructions stored in the memory 464. The processor may be
implemented as a chipset of chips that include separate and multiple analog and
digital processors. The processor may provide, for example, for coordination of the
other components of the device 450, such as control of user interfaces, applications
run by device 450, and wireless communication by device 450.

[0055] Processor 452 may communicate with a user through control interface
458 and display interface 456 coupled to a display 454. The display 454 may be, for
example, a TFT LCD (Thin-Film-Transistor Liquid Crystal Display) or an OLED
(Organic Light Emitting Diode) display, or other appropriate display technology. The
display interface 456 may comprise appropriate circuitry for driving the display 454
to present graphical and other information to a user. The control interface 458 may
receive commands from a user and convert them for submission to the processor 452.
In addition, an external interface 462 may be provided in communication with
processor 452, so as to enable near area communication of device 450 with other
devices. External interface 462 may provide, for example, for wired communication
in some implementations, or for wireless communication in other implementations,
and multiple interfaces may also be used.

[0056] The memory 464 stores information within the computing device 450.
The memory 464 can be implemented as one or more of a computer-readable medium
or media, a volatile memory unit or units, or a non-volatile memory unit or units.
Expansion memory 474 may also be provided and connected to device 450 through
expansion interface 472, which may include, for example, a SIMM (Single In Line
Memory Module) card interface. Such expansion memory 474 may provide extra
storage space for device 450, or may also store applications or other information for
device 450. Specifically, expansion memory 474 may include instructions to carry

out or supplement the processes described above, and may include secure information
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also. Thus, for example, expansion memory 474 may be provided as a security
module for device 450, and may be programmed with instructions that permit secure
use of device 450. In addition, secure applications may be provided via the SIMM
cards, along with additional information, such as placing identifying information on
the SIMM card in a non-hackable manner.

[0057] The memory may include, for example, flash memory and/or NVRAM
memory, as discussed below. In one implementation, a computer program product is
tangibly embodied in an information carrier. The computer program product contains
instructions that, when executed, perform one or more methods, such as those
described above. The information carrier is a computer- or machine-readable
medium, such as the memory 464, expansion memory 474, or memory on processor
452, that may be received, for example, over transceiver 468 or external interface 462,

[0058] Device 450 may communicate wirelessly through communication
interface 466, which may include digital signal processing circuitry where necessary.
Communication interface 466 may provide for communications under various modes
or protocols, such as GSM voice calls, SMS, EMS, or MMS messaging, CDMA,
TDMA, PDC, WCDMA, CDMA2000, or GPRS, among others. Such communication
may occur, for example, through radio-frequency transceiver 468. In addition, short-
range communication may occur, such as using a Bluetooth, WiFi, or other such
transceiver (not shown). In addition, GPS (Global Positioning System) receiver
module 470 may provide additional navigation- and location-related wireless data to
device 450, which may be used as appropriate by applications running on device 450.

[0059] Device 450 may also communicate audibly using audio codec 460,
which may receive spoken information from a user and convert it to usable digital
information. Audio codec 460 may likewise generate audible sound for a user, such
as through a speaker, e.g., in a handset of device 450. Such sound may include sound
from voice telephone calls, may include recorded sound (e.g., voice messages, music
files, etc.) and may also include sound generated by applications operating on device
450.

[0060] The computing device 450 may be implemented in a number of
different forms, as shown in the figure. For example, it may be implemented as a
cellular telephone 480. It may also be implemented as part of a smart phone 482,
personal digital assistant, or other similar mobile device.

[0061] Various implementations of the systems and techniques described here
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can be realized in digital electronic circuitry, integrated circuitry, specially designed
ASICs (application specific integrated circuits), computer hardware, firmware,
software, and/or combinations thereof. These various implementations can include
implementation in one or more computer programs that are executable and/or
interpretable on a programmable system including at least one programmable
processor, which may be special or general purpose, coupled to receive data and
instructions from, and to transmit data and instructions to, a storage system, at least
one input device, and at least one output device.

[0062] These computer programs (also known as programs, software, software
applications or code) include machine instructions for a programmable processor, and
can be implemented in a high-level procedural and/or object-oriented programming
language, and/or in assembly/machine language. As used herein, the terms “machine-

2 ¢

readable medium” “computer-readable medium™ refers to any computer program
product, apparatus and/or device (e.g., magnetic discs, optical disks, memory,
Programmable Logic Devices (PLDs)) used to provide machine instructions and/or
data to a programmable processor, including a machine-readable medium that
receives machine instructions as a machine-readable signal. The term “machine-
readable signal” refers to any signal used to provide machine instructions and/or data
to a programmable processor.

[0063] To provide for interaction with a user, the systems and techniques
described here can be implemented on a computer having a display device (e.g., a
CRT (cathode ray tube) or LCD (liquid crystal display) monitor) for displaying
information to the user and a keyboard and a pointing device (e.g., a mouse or a
trackball) by which the user can provide input to the computer. Other kinds of
devices can be used to provide for interaction with a user as well; for example,
feedback provided to the user can be any form of sensory feedback (e.g., visual
feedback, auditory feedback, or tactile feedback); and input from the user can be
received in any form, including acoustic, speech, or tactile input.

[0064] The systems and techniques described here can be implemented in a
computing system that includes a back end component (e.g., as a data server), or that
includes a middleware component (e.g., an application server), or that includes a
front end component (e.g., a client computer having a graphical user interface or a
Web browser through which a user can interact with an implementation of the systems

and techniques described here), or any combination of such back end, middleware, or
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front end components. The components of the system can be interconnected by any
form or medium of digital data communication (e.g., a communication network).
Examples of communication networks include a local area network (“LAN”), a wide
area network (“WAN™), and the Internet.

[0065] The computing system can include clients and servers. A client and
server are generally remote from each other and typically interact through a
communication network. The relationship of client and server arises by virtue of
computer programs running on the respective computers and having a client-server
relationship to each other.

[0066] A number of embodiments have been described. Nevertheless, it will
be understood that various modifications may be made without departing from the
spirit and scope of the specification.

[0067] It will also be understood that when an element is referred to as being
on, connected to, electrically connected to, coupled to, or electrically coupled to
another element, it may be directly on, connected or coupled to the other element, or
one or more intervening elements may be present. In contrast, when an element is
referred to as being directly on, directly connected to or directly coupled to another
element, there are no intervening elements present. Although the terms directly on,
directly connected to, or directly coupled to may not be used throughout the detailed
description, elements that are shown as being directly on, directly connected or
directly coupled can be referred to as such. The claims of the application may be
amended to recite exemplary relationships described in the specification or shown in
the figures.

[0068] While certain features of the described implementations have been
illustrated as described herein, many modifications, substitutions, changes and
equivalents will now occur to those skilled in the art. It is, therefore, to be understood
that the appended claims are intended to cover all such modifications and changes as
fall within the scope of the implementations. It should be understood that they have
been presented by way of example only, not limitation, and various changes in form
and details may be made. Any portion of the apparatus and/or methods described
herein may be combined in any combination, except mutually exclusive
combinations. The implementations described herein can include various
combinations and/or sub-combinations of the functions, components and/or features

of the different implementations described.
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[0069] Further implementations are summarized in the following examples:
Example 1: A method, comprising: receiving, by processing circuitry configured to
reduce acoustic echo in an audio system including a loudspeaker and a microphone, at
the loudspeaker of the audio system, an audio signal from a source location remote
from the audio system; performing, by the processing circuitry, a comparison
operation on a magnitude of the audio signal and a threshold magnitude to produce a
comparison result; in response to the comparison result indicating that the magnitude
of the audio signal is less than the threshold magnitude: performing, by the processing
circuitry, a first filtering operation on an input signal input into the microphone of the
audio system to produce a first filtered input signal; and transmitting, by the
processing circuitry, the first filtered input signal to the source location; in response to
the comparison result indicating that the magnitude of the audio signal is greater than
the threshold magnitude: performing, by the processing circuitry, a second filtering
operation on the input signal input into the microphone of the audio system to produce
a second filtered input signal, the second filtered input signal being distinct from the
first filtered input signal; and transmitting, by the processing circuitry, the second
filtered input signal to the source location.

[0070] Example 2: The method as in example 1, wherein performing the first
filtering operation includes: sampling the audio signal over a specified window of
time to produce a windowed audio signal; generating a first impulse response function
based on the input signal input into the microphone; and generating a convolution of
the windowed audio signal and the first impulse response function to produce a first
filtered incoming signal.

[0071] Example 3: The method as in example 2, wherein generating the first
impulse response function based on the input signal input into the microphone
includes producing, as the first impulse response function, a generic impulse response
function that optimizes a power of a residual signal, the residual signal being equal to
a difference between the input signal input into the microphone and a convolution of
the windowed audio signal and the generic impulse response function, and wherein
transmitting the first filtered input signal to the source location includes sending, as
the first filtered input signal, a power-optimized residual signal, the power-optimized
residual signal being equal to the difference between the input signal input into the
microphone and the convolution of the windowed audio signal and the first impulse

response function.
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[0072] Example 4: The method as in example 2 or 3, wherein the first impulse
response function is a weighted sum of harmonics, each of the harmonics having a
frequency equal to a multiple of a fundamental frequency.

[0073] Example 5: The method as in one of examples 2 to 4, wherein
performing the first filtering operation further includes: after a specified amount of
time after generating the first impulse response function, generating another, first
impulse response function.

[0074] Example 6: The method as in one of examples 2 to 5, wherein the
windowed audio signal includes a plurality of samples of the audio signal, each of the
plurality of the samples being a value of the audio signal at a time that occurs within
the specified window of time, and wherein performing the comparison operation on
the magnitude of the audio signal and a threshold magnitude includes: generating an
absolute value of each of the plurality of samples of the audio signal to produce a
plurality of absolute values; and producing, as the magnitude of the audio signal, the
largest of the plurality of absolute values.

[0075] Example 7: The method as in one of examples 1 to 6, wherein
performing the second filtering operation includes: generating a nonlinear function of
the windowed audio signal; generating a second impulse response function based on
the input signal input into the microphone; and generating a convolution of i) the
nonlinear function of the windowed audio signal and (ii) the first impulse response
function to produce a first filtered incoming signal.

[0076] Example 8: The method as in example 7, wherein generating the
nonlinear function of the windowed audio signal includes squaring the magnitude of
the windowed audio signal.

[0077] Example 9: The method as in example 7 or 8, wherein generating the
second impulse response function based on the input signal input into the microphone
includes producing, as the second impulse response function, a generic impulse
response function that optimizes a power of a residual signal, the residual signal being
equal to a difference between the input signal input into the microphone and a
convolution of the nonlinear function of the windowed audio signal and the generic
impulse response function, and wherein transmitting the second filtered input signal to
the source location includes sending, as the second filtered input signal, a power-
optimized residual signal, the power-optimized residual signal being equal to the

difference between the input signal input into the microphone and the convolution of
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the nonlinear function of the windowed audio signal and the second impulse response
function.

[0078] Example 10: The method as in one of examples 6 to 9, wherein
performing the second filtering operation further includes: after a specified amount of
time after generating the second impulse response function, generating another,
second impulse response function.

[0079] Example 11: A computer program product comprising a nontransitory
storage medium, the computer program product including code that, when executed
by processing circuitry configured to reduce acoustic echo in an audio system
including a loudspeaker and a microphone, causes the processing circuitry to perform
a method, the method comprising: receiving, at the loudspeaker of the audio system,
an audio signal from a source location remote from the audio system; performing a
comparison operation on a magnitude of the audio signal and a threshold magnitude
to produce a comparison result; in response to the comparison result indicating that
the magnitude of the audio signal is less than the threshold magnitude: performing a
first filtering operation on an input signal input into the microphone of the audio
system to produce a first filtered input signal; and transmitting the first filtered input
signal to the source location; in response to the comparison result indicating that the
magnitude of the audio signal is greater than the threshold magnitude: performing a
second filtering operation on the input signal input into the microphone of the audio
system to produce a second filtered input signal, the second filtered input signal being
distinct from the first filtered input signal; and transmitting the second filtered input
signal to the source location.

[0080] Example 12: The computer program product as in example 11, wherein
performing the first filtering operation includes: sampling the audio signal over a
specified window of time to produce a windowed audio signal, generating a first
impulse response function based on the input signal input into the microphone; and
generating a convolution of the windowed audio signal and the first impulse response
function to produce a first filtered incoming signal.

[0081] Example 13: The computer program product as in example 12, wherein
generating the first impulse response function based on the input signal input into the
microphone includes producing, as the first impulse response function, a generic
impulse response function that optimizes a power of a residual signal, the residual

signal being equal to a difference between the input signal input into the microphone
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and a convolution of the windowed audio signal and the generic impulse response
function, and wherein transmitting the first filtered input signal to the source location
includes sending, as the first filtered input signal, a power-optimized residual signal,
the power-optimized residual signal being equal to the difference between the input
signal input into the microphone and the convolution of the windowed audio signal
and the first impulse response function.

[0082] Example 14: The computer program product as in example 12 or 13,
wherein performing the first filtering operation further includes: after a specified
amount of time after generating the first impulse response function, generating
another, first impulse response function.

[0083] Example 15: The computer program product as in one of examples 12
to 14, wherein the windowed audio signal includes a plurality of samples of the audio
signal, each of the plurality of the samples being a value of the audio signal at a time
that occurs within the specified window of time, and wherein performing the
comparison operation on the magnitude of the audio signal and a threshold magnitude
includes: generating an absolute value of each of the plurality of samples of the audio
signal to produce a plurality of absolute values; and producing, as the magnitude of
the audio signal, the largest of the plurality of absolute values.

[0084] Example 16: The computer program product as in one of examples 11
to 15, wherein performing the second filtering operation includes: generating a
nonlinear function of the windowed audio signal; generating a second impulse
response function based on the input signal input into the microphone; and generating
a convolution of 1) the nonlinear function of the windowed audio signal and (ii) the
first impulse response function to produce a first filtered incoming signal.

[0085] Example 17: The computer program product as in example 16, wherein
generating the nonlinear function of the windowed audio signal includes squaring the
magnitude of the windowed audio signal.

[0086] Example 18: The computer program product as in example 16 or 17,
wherein generating the second impulse response function based on the input signal
input into the microphone includes producing, as the second impulse response
function, a generic impulse response function that optimizes a power of a residual
signal, the residual signal being equal to a difference between the input signal input
into the microphone and a convolution of the nonlinear function of the windowed

audio signal and the generic impulse response function, and wherein transmitting the
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second filtered input signal to the source location includes sending, as the second
filtered input signal, a power-optimized residual signal, the power-optimized residual
signal being equal to the difference between the input signal input into the
microphone and the convolution of the nonlinear function of the windowed audio
signal and the second impulse response function.

[0087] Example 19: The computer program product as in one of examples 16
to 18, wherein performing the second filtering operation further includes: after a
specified amount of time after generating the second impulse response function,
generating another, second impulse response function.

[0088] Example 20: An electronic apparatus configured to reduce acoustic
echo in an audio system including a loudspeaker and a microphone, the electronic
apparatus comprising: memory; and controlling circuitry coupled to the memory, the
controlling circuitry being configured to: receive, at the loudspeaker of the audio
system, an audio signal from a source location remote from the audio system; perform
a comparison operation on a magnitude of the audio signal and a threshold magnitude
to produce a comparison result; in response to the comparison result indicating that
the magnitude of the audio signal is less than the threshold magnitude: perform a first
filtering operation on an input signal input into the microphone of the audio system to
produce a first filtered input signal; and transmit the first filtered input signal to the
source location; in response to the comparison result indicating that the magnitude of
the audio signal is greater than the threshold magnitude: perform a second filtering
operation on the input signal input into the microphone of the audio system to produce
a second filtered input signal, the second filtered input signal being distinct from the
first filtered input signal; and transmit the second filtered input signal to the source
location.

[0089] In addition, the logic flows depicted in the figures do not require the
particular order shown, or sequential order, to achieve desirable results. In addition,
other steps may be provided, or steps may be eliminated, from the described flows,
and other components may be added to, or removed from, the described systems.

Accordingly, other embodiments are within the scope of the following claims.
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WHAT IS CLAIMED IS:

1. A method, comprising:
receiving, by processing circuitry configured to reduce acoustic echo in
an audio system including a loudspeaker and a microphone, at the loudspeaker
of the audio system, an audio signal from a source location remote from the
audio system;
performing, by the processing circuitry, a comparison operation on a
magnitude of the audio signal and a threshold magnitude to produce a
comparison result;
in response to the comparison result indicating that the magnitude of
the audio signal is less than the threshold magnitude:
performing, by the processing circuitry, a first filtering
operation on an input signal into the microphone of the audio system to
produce a first filtered input signal; and
transmitting, by the processing circuitry, the first filtered input
signal to the source location;
in response to the comparison result indicating that the magnitude of
the audio signal is greater than the threshold magnitude:
performing, by the processing circuitry, a second filtering
operation on the input signal into the microphone of the audio system
to produce a second filtered input signal, the second filtered input
signal being different from the first filtered input signal; and
transmitting, by the processing circuitry, the second filtered

input signal to the source location.

2, The method as in claim 1, wherein performing the first filtering operation
includes:
sampling the audio signal over a specified window of time to produce a
windowed audio signal;
generating a first impulse response function based on the input signal

input into the microphone; and
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generating a convolution of the windowed audio signal and the first

impulse response function to produce a first filtered incoming signal.

3. The method as in claim 2, wherein generating the first impulse response
function based on the input signal input into the microphone includes
producing, as the first impulse response function, an impulse response
function that optimizes a power of a residual signal, the residual signal being
equal to a difference between the input signal input into the microphone and a
convolution of the windowed audio signal and the generic impulse response
function, and

wherein transmitting the first filtered input signal to the source location
includes sending, as the first filtered input signal, a power-optimized residual
signal, the power-optimized residual signal being equal to the difference
between the input signal input into the microphone and the convolution of the

windowed audio signal and the first impulse response function.

4, The method as in claim 2, wherein the first impulse response function is a
weighted sum of harmonics, each of the harmonics having a frequency equal

to a multiple of a fundamental frequency.

5. The method as in claim 2, wherein performing the first filtering operation
further includes:
after a specified amount of time after generating the first impulse

response function, generating another, first impulse response function.

6. The method as in claim 2,
wherein the windowed audio signal includes a plurality of samples of
the audio signal, each of the plurality of the samples being a value of the audio
signal at a time that occurs within the specified window of time, and
wherein performing the comparison operation on the magnitude of the
audio signal and a threshold magnitude includes:
generating an absolute value of each of the plurality of samples

of the audio signal to produce a plurality of absolute values; and
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10.

producing, as the magnitude of the audio signal, the largest of

the plurality of absolute values.

The method as in claim 1, wherein performing the second filtering operation
includes:

generating a nonlinear function of the windowed audio signal;

generating a second impulse response function based on the input
signal input into the microphone; and

generating a convolution of (i) the nonlinear function of the windowed
audio signal and (ii) the first impulse response function to produce a first

filtered incoming signal.

The method as in claim 7, wherein generating the nonlinear function of the
windowed audio signal includes squaring the magnitude of the windowed

audio signal.

The method as in claim 7, wherein generating the second impulse response
function based on the input signal input into the microphone includes
producing, as the second impulse response function, a generic impulse
response function that optimizes a power of a residual signal, the residual
signal being equal to a difference between the input signal input into the
microphone and a convolution of the nonlinear function of the windowed
audio signal and the generic impulse response function, and

wherein transmitting the second filtered input signal to the source
location includes sending, as the second filtered input signal, a power-
optimized residual signal, the power-optimized residual signal being equal to
the difference between the input signal input into the microphone and the
convolution of the nonlinear function of the windowed audio signal and the

second impulse response function.

The method as in claim 7, wherein performing the first filtering operation
includes:
generating a first nonlinear function of the windowed audio signal, the

first nonlinear function being different from the nonlinear function;
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generating a first impulse response function based on the input signal
input into the microphone; and

generating a convolution of (i) the first nonlinear function of the
windowed audio signal and (ii) the first impulse response function to produce

a first filtered incoming signal.

11. The method as in claim 6, wherein performing the second filtering operation
further includes:
after a specified amount of time after generating the second impulse

response function, generating another, third response function.

12. The method as in claim 1, wherein the method further comprises:
in response to the comparison result indicating that the magnitude of
the audio signal is greater than the threshold magnitude and greater than a
second threshold magnitude:
performing, by the processing circuitry, a third filtering
operation on the input signal into the microphone of the audio system
to produce a second filtered input signal, the third filtered input signal
being different from the first filtered input signal and the second
filtered input signal; and
transmitting, by the processing circuitry, the third filtered input

signal to the source location.

13. A computer program product comprising a nontransitory storage medium, the
computer program product including code that, when executed by processing
circuitry configured to reduce acoustic echo in an audio system including a
loudspeaker and a microphone, causes the processing circuitry to perform a
method, the method comprising:

receiving, at the loudspeaker of the audio system, an audio signal from
a source location remote from the audio system;

performing a comparison operation on a magnitude of the audio signal
and a threshold magnitude to produce a comparison result;

in response to the comparison result indicating that the magnitude of

the audio signal is less than the threshold magnitude:
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performing a first filtering operation on an input signal into the
microphone of the audio system to produce a first filtered input signal;
and

transmitting the first filtered input signal to the source location;
in response to the comparison result indicating that the magnitude of

the audio signal is greater than the threshold magnitude:

performing a second filtering operation on the input signal into
the microphone of the audio system to produce a second filtered input
signal, the second filtered input signal being different from the first
filtered input signal; and

transmitting the second filtered input signal to the source

location.

14. The computer program product as in claim 13, wherein performing the first
filtering operation includes:
sampling the audio signal over a specified window of time to produce a
windowed audio signal;
generating a first impulse response function based on the input signal
input into the microphone; and
generating a convolution of the windowed audio signal and the first

impulse response function to produce a first filtered incoming signal.

15.  The computer program product as in claim 14, wherein generating the first
impulse response function based on the input signal input into the microphone
includes producing, as the first impulse response function, an impulse
response function that optimizes a power of a residual signal, the residual
signal being equal to a difference between the input signal input into the
microphone and a convolution of the windowed audio signal and the generic
impulse response function, and

wherein transmitting the first filtered input signal to the source location
includes sending, as the first filtered input signal, a power-optimized residual
signal, the power-optimized residual signal being equal to the difference
between the input signal input into the microphone and the convolution of the

windowed audio signal and the first impulse response function.
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16.

17.

18.

The computer program product as in claim 14,
wherein the windowed audio signal includes a plurality of samples of
the audio signal, each of the plurality of the samples being a value of the audio
signal at a time that occurs within the specified window of time, and
wherein performing the comparison operation on the magnitude of the
audio signal and a threshold magnitude includes:
generating an absolute value of each of the plurality of samples
of the audio signal to produce a plurality of absolute values; and
producing, as the magnitude of the audio signal, the largest of

the plurality of absolute values.

The computer program product as in claim 13, wherein performing the second
filtering operation includes:

generating a nonlinear function of the windowed audio signal;

generating a second impulse response function based on the input
signal input into the microphone; and

generating a convolution of (i) the nonlinear function of the windowed
audio signal and (ii) the first impulse response function to produce a first

filtered incoming signal.

The computer program product as in claim 17, wherein generating the second
impulse response function based on the input signal input into the microphone
includes producing, as the second impulse response function, a generic
impulse response function that optimizes a power of a residual signal, the
residual signal being equal to a difference between the input signal input into
the microphone and a convolution of the nonlinear function of the windowed
audio signal and the generic impulse response function, and

wherein transmitting the second filtered input signal to the source
location includes sending, as the second filtered input signal, a power-
optimized residual signal, the power-optimized residual signal being equal to
the difference between the input signal input into the microphone and the
convolution of the nonlinear function of the windowed audio signal and the

second impulse response function.
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19.  The computer program product as in claim 17, wherein performing the second
filtering operation further includes:
after a specified amount of time after generating the second impulse

response function, generating another, third impulse response function.

20. An electronic apparatus configured to reduce acoustic echo in an audio system
including a loudspeaker and a microphone, the electronic apparatus
comprising:

memory; and
controlling circuitry coupled to the memory, the controlling circuitry
being configured to:
receive, at the loudspeaker of the audio system, an audio signal from a
source location remote from the audio system;
perform a comparison operation on a magnitude of the audio signal
and a threshold magnitude to produce a comparison result;
in response to the comparison result indicating that the magnitude of
the audio signal is less than the threshold magnitude:
perform a first filtering operation on an input signal into the
microphone of the audio system to produce a first filtered input signal;
and
transmit the first filtered input signal to the source location;
in response to the comparison result indicating that the magnitude of
the audio signal is greater than the threshold magnitude:
perform a second filtering operation on the input signal into the
microphone of the audio system to produce a second filtered input
signal, the second filtered input signal being different from the first
filtered input signal; and

transmit the second filtered input signal to the source location.
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