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(57) ABSTRACT

A method for auralizing a multi-microphone device. Path
information for one or more sound paths using dimensions
and room reflection coefficients of a simulated room for one
of a plurality of microphones included in a multi-micro-
phone device is determined. An array-related transfer func-
tions (ARTFs) for the one of the plurality of microphones is
retrieved. The auralized impulse response for the one of the
plurality of microphones is generated based at least on the
retrieved ARTFs and the determined path information.
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AURALIZATION FOR MULTI-MICROPHONE
DEVICES

BACKGROUND

[0001] Various signal processing techniques have been
developed for estimating the location of a sound source by
using multiple microphones. Such techniques typically
assume that the microphones are located in free space with
a relatively simple geometric arrangement, such as a linear
array or a circular array, which makes it relatively easy to
analyze detected sound waves. However, in some situations,
microphones may not be arranged in a linear or circular
array. For example, microphones may be randomly posi-
tioned at various locations across a device of an arbitrary
shape in a given environment instead of being positioned in
a linear or circular array. Sound waves may be diffracted and
scattered across the device before they are detected by the
microphones. Scattering effects, reverberations, and other
linear and nonlinear effects across an arbitrarily shaped
device may complicate the analysis involved in estimating
the location of a sound source.

[0002] In multi-microphone devices the geometry/shape
of'the device is important. If the shape of the device changes,
for example to move the placement of the microphones, the
operation of the device, particularly the accuracy, of the
device may be greatly affected. To address changes in the
device shape, the device must be recorded in multiple size
and shape rooms using the new design. As such, all previous
recordings done for the device using the previous shape may
be thrown away, which may result in a waste of resources.

BRIEF SUMMARY

[0003] According to an embodiment of the disclosed sub-
ject matter, a method is disclosed for auralizing a multi-
microphone device. Path information is determined for one
or more sound paths using dimensions and room reflection
coeflicients of a simulated room for one of a plurality of
microphones included in a multi-microphone device. An
array-related transfer function (ARTF) for the one of the
plurality of microphones is retrieved. The auralized impulse
response for the one of the plurality of microphones is
generated based at least on the retrieved ARTF and the
determined path information.

[0004] In an aspect of the embodiment, generating the
auralized impulse response comprises extracting from the
retrieved ARTFs, an ARTF corresponding to each of the one
or more sound paths, determining an auralized path to the
one of the plurality of microphones for each of the sound
paths, and combining the auralized paths for the one of the
plurality of microphones to generate the auralized impulse
response of the one of the plurality of microphones.
[0005] In an aspect of the embodiment, determining the
path information for the one or more sound paths comprises
determining an n th shortest sound path to the one of the
plurality of microphones, wherein n is a counter that is used
to determine the number of sound paths that have been
determined, computing the path information for the deter-
mined n th shortest sound path, and incrementing the counter
by one if n is less than a threshold number of determined
sound paths.

[0006] In an aspect of the embodiment, determining the
auralized path to the one of the plurality of microphones for
each of the sound paths comprises convolving each ARTF

Dec. 19, 2019

corresponding to the one or more sound paths with a room
impulse response for respective one or more sound paths for
the one of the plurality of microphones, wherein the room
impulse response is calculated based on the path information
of the respective one or more sound.

[0007] In an aspect of the embodiment, the path informa-
tion includes a path-distance, signal attenuation, and array-
direction of arrival (DOA).

[0008] In an aspect of the embodiment, the method com-
prises retrieving a microphone transfer function for the one
of the plurality of microphones, and convolving the micro-
phone transfer function with the determined auralized path
for the one of the plurality of microphones.

[0009] In an aspect of the embodiment, the method com-
prises retrieving a near-microphone sound from a sound
database including a plurality of near-microphone recorded
speeches and sounds, and convolving the near-microphone
sound with the determined auralized path for the one of the
plurality of microphones to generate the auralized impulse
response for the one of the plurality of microphones.
[0010] In an aspect of the embodiment, the method com-
prises generating an auralized impulse response for each of
the plurality of microphones included in the multi-micro-
phone device.

[0011] In an aspect of the embodiment, the method com-
prises modifying the microphone transfer function.

[0012] In an aspect of the embodiment, the method com-
prises modifying the dimensions and the room reflection
coeflicients of the simulated room, and generating the aural-
ized impulse response for each of the plurality of micro-
phones included in the multi-microphone device based on
the modified dimensions and room reflection coefficients of
the simulated room.

[0013] According to an embodiment of the disclosed sub-
ject matter, a system for auralizing a multi-microphone
device comprises a room simulator, including a processor,
the room simulator configured to determine path information
for one or more sound paths using dimensions and room
reflection coefficients of a simulated room for one of a
plurality of microphones included in the multi-microphone
device, an array-related transfer functions (ARTFs) database
including a ARTFs for the one of the plurality of micro-
phones, and an auralizer, including a processor. The aural-
izer is configured to retrieve the ARTFs for the one of the
plurality of microphones, and generate an auralized impulse
response for the one of the plurality of microphones based
at least on the retrieved ARTFs and the determined path
information.

[0014] Additional features, advantages, and embodiments
of the disclosed subject matter may be set forth or apparent
from consideration of the following detailed description,
drawings, and claims. Moreover, it is to be understood that
both the foregoing summary and the following detailed
description are illustrative and are intended to provide
further explanation without limiting the scope of the claims.

BRIEF DESCRIPTION OF THE DRAWINGS

[0015] The accompanying drawings, which are included
to provide a further understanding of the disclosed subject
matter, are incorporated in and constitute a part of this
specification. The drawings also illustrate embodiments of
the disclosed subject matter and together with the detailed
description serve to explain the principles of embodiments
of the disclosed subject matter. No attempt is made to show
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structural details in more detail than may be necessary for a
fundamental understanding of the disclosed subject matter
and various ways in which it may be practiced.

[0016] FIG. 1 shows an example of two microphones in an
arbitrarily shaped device according to embodiments of the
disclosed subject matter.

[0017] FIG. 2 shows an example of a system for generat-
ing auralized multi-channel signals and corresponding labels
according to embodiments of the disclosed subject matter.
[0018] FIG. 3 shows an example flow diagram for com-
puting sound paths according to embodiments of the dis-
closed subject matter.

[0019] FIG. 4 shows an example flow diagram for gener-
ating the auralized impulse response according to embodi-
ments of the disclosed subject matter.

[0020] FIG. 5 shows an example illustration of a transfer
function of a moving sound source according to embodi-
ments of the disclosed subject matter.

[0021] FIG. 6 shows an example block diagram of an
implementation for auralizing a moving sound source.
[0022] FIG. 7 shows an example block diagram of an
implementation for auralizing a moving sound source.
[0023] FIG. 8 shows an example of a computing device
according to embodiments of the disclosed subject matter.
[0024] FIG. 9 shows an example of a sensor according to
embodiments of the disclosed subject matter.

DETAILED DESCRIPTION

[0025] According to embodiments of this disclosure,
methods and apparatus are provided for auralizing a multi-
microphone device. In the foregoing description, multiple
microphones may be collectively referred to as an “array” of
microphones. An array of microphones may include micro-
phones placed in various locations on an arbitrarily shaped
device in an indoor environment such as a smart-home
environment, or in another type of enclosed environment.
Sound waves may experience scattering effects, diffractions,
reverberations, or other linear or nonlinear effects before
they are detected by the microphones. According to embodi-
ments of the disclosure, a sound detection system includes
a neural network that is trained to estimate the location of a
sound source in a three-dimensional space in a given envi-
ronment based on sound signals detected by multiple micro-
phones without being dependent on conventional schemes
for determining the source of a sound, where these conven-
tional schemes may be limited to relatively simple geometric
arrangements of microphones, for example, linear or circular
arrays with no obstructions or objects that may absorb,
reflect, or distort sound propagation. An auralizing system is
implemented to generate multi-channel “auralized” sound
signals based at least on impulse responses of the micro-
phone array in an anechoic chamber and in a simulated room
environment as well as other inputs.

[0026] As used herein, “auralization” refers to a process of
rendering audio data by digital means to achieve a virtual
three-dimensional sound space. Training a neural network
with auralized multi-channel signals allows the neural net-
work to capture the scattering effects of the multi-micro-
phone array, other linear or non-linear effects, reverberation
times in a room environment, as well as manufacturing
variations between different microphones in the multi-mi-
crophone array. After being trained with data derived from
the auralized multi-channel signals, a neural network may
compute the complex coeflicients, which may be used to
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estimate the direction or location of an actual sound source
in a three-dimensional space with respect to a multi-micro-
phone device. In some implementations, in addition to
detecting the direction or location of the sound source, the
neural network may also be trained and used as speech
detector or a sound classifier to detect whether the received
sound signal is or contains speech based on comparisons
with a speech database, such as the TIMIT database.

[0027] In some implementations, sound signals from sta-
tionary or moving sound sources may be auralized, by an
auralizing system, to generate auralized multi-channel sound
signals. In some embodiments, the auralizer may obtain
impulse responses of the multi-microphone array in a multi-
microphone device, i.e., ARTFs or device related transfer
functions, across a dense grid of three-dimensional coordi-
nates, such as spherical coordinates, Cartesian coordinates,
or cylindrical coordinates, and combine the ARTFs with
responses from a room simulator and transfer functions
indicative of microphone variations to generate auralized
multi-channel sound signals, and signal labels related
thereto, for example.

[0028] A signal label may include spatial information
indicative of an estimated location of the sound source. For
example, a label may include azimuth, elevation and dis-
tance in spherical coordinates if the sound source is station-
ary. Other types of three-dimensional coordinates such as
Cartesian coordinates or cylindrical coordinates may also be
used. If the sound source is moving, then a set of labels each
corresponding to a given time frame may be provided. A
neural network, for example, may be trained by receiving,
processing, and learning from multiple sound features and
their associated labels or sets of labels for stationary or
moving sound sources to allow the sound detection system
to estimate the locations of actual stationary or moving
sound sources in a room environment.

[0029] FIG. 1 shows an example of a multi-microphone
device 100, such as a video camera 16, including a plurality
of microphones 10a and 105, wherein the device 100 is
arbitrarily shaped. As described above, the plurality of
microphones 10a and 105, the array of microphones, may
not be arranged in a linear, circular, or other regular geo-
metric pattern, and may be located anywhere in the arbitrary
shape of the device. Although FIG. 2 illustrates an arbitrarily
shaped video camera 16 with two microphones 10a and 105,
more than two microphones may be provided within the
scope of the disclosure.

[0030] FIG. 2 shows an example of a system for generat-
ing auralized multi-channel signals and corresponding
labels. In FIG. 2, an auralizer 210 has multiple inputs,
including inputs from an ARTF generator 202, a microphone
transfer function generator 204, a near-microphone sound/
speech generator 206, and a room simulator 208. The ARTF
generator 202 may be implemented to generate ARTFs
(device-related transfer functions), which are anechoic
impulse responses of the multi-microphone device in an
anechoic chamber, and to store the ARTFs.

[0031] The ARTFs may be obtained across a dense grid of
three-dimensional coordinates, which may be Cartesian
coordinates, cylindrical coordinates, or spherical coordi-
nates, in a three-dimensional space. The ARTF generator
202 obtains the ARTFs that have been measured in an
anechoic chamber across a dense grid of distance, azimuth,
and elevation. For a given distance, direction, and micro-
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phone number, the ARTF generator 202 generates the esti-
mated ARTF by interpolating across the measured ARTFs;

A,,(z)=ARTF Interpolator(8,,,,d,,,).

oY pm

[0032] The generated ARTFs are stored in a database (not
shown) in the ARTF generator 202 for retrieval by the
auralizer 210.

[0033] In some implementations, it is expected that indi-
vidual microphones in a multi-microphone array may have
different response characteristics. Even if the microphones
in the multi-microphone array are of the same make and
model, there may be slight differences in their response
characteristics due to manufacturing variations, for example.
A microphone transfer function generator (e.g., a micro-
phone simulator) 204 may be implemented to generate
microphone transfer functions, which take into account the
response characteristics of individual microphones in the
multi-microphone array. The microphone simulator 204 uses
the gain and phase variations obtained from published
datasheets, or from random sampling of microphones, to
generate a random transfer function of a typical microphone;
ie.,

M, (z)=Microphone_simulator(m).

[0034] A near-microphone sound/speech generator 206
may be implemented to generate sounds or speeches to be
transmitted to the auralizer 210. In some implementations,
the near-microphone sound/speech generator 206 may gen-
erate reference sound signals for the auralizer 210. The
near-microphone sound/speech may be a “clean” single-
channel sound generated by a speech database, such as the
TIMIT database which contains phonemically and lexically
transcribed speeches of American English speakers of dif-
ferent genders and dialects. The generated near-microphone
sound may be stored in a sound database (not shown) in the
generator 206 for retrieval by the auralizer 210.

[0035] As shown in FIG. 2, a room simulator 208 is
implemented to generate room impulse responses of the
multi-microphone array by simulating an actual room envi-
ronment. The room simulator eliminates the need for a
multi-microphone device to be recorded in multiple rooms
each time the design is modified or a microphone changed.
Sound signals in an actual room environment may experi-
ence various effects including scattering effects, reverbera-
tions, reflections, refractions, absorptions, or other linear or
nonlinear effects. In some implementations, the room simu-
lator 208 may be implemented to generate room impulse
responses that take into account the various effects of a
simulated room environment, including scattering effects,
reverberation times, or other linear or nonlinear effects. The
room simulator 208 may be a computing device, such as a
server, including a processor and a path information data-
base (not shown). In some implementations, room impulse
responses of the multi-microphone array may be obtained
over the same dense grid of three-dimensional coordinates,
which may be Cartesian coordinates, cylindrical coordinates
or spherical coordinates, as the coordinates used for obtain-
ing ARTFs or anechoic impulse responses generated by the
ARTF generator 202.

[0036] The room simulator uses simulated room dimen-
sions and the reflection coeflicients of the walls and ceilings,
thereof, and provides path information for the various sound
paths (direct and reflective paths) to each microphone in the
array, including the direction of arrival with respect to the
microphone, and length of the total path, represented by:
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[R4(2),0 @y J"Ro0m Simulator(dimension,reflec-

tion_coeflicients,p,m);
[0037] where R, (2), 6, and d,,,, are the transfer func-
tion, direction of arrival, and distance of the p th shortest
path from the speaker to the m th microphone, respectively.
The dimensions and reflected coefficients of the simulated
room may be varied to simulate any room configuration that
the multi-microphone device may be used in. The sound
paths for each configuration are determined to generate the
auralized multi-channel signal, which may be used to train
a neural network, etc.
[0038] FIG. 3 shows an example flow diagram of the
method for generating the path information of the sound
paths from the speaker to each microphone included in the
device. This method may be performed by the room simu-
lator. The room dimensions and reflection coeflicients of
walls of the simulated room(s) are retrieved by the room
simulator (300). A path counter n is set to 0, representing the
number of determined sound paths for a microphone (302).
Using the retrieved room information, the n th shortest path
from a speaker to each of the microphones included on the
device is determined (304). Path information, including the
path-distance, signal attenuation and array direction of
arrival (DOA), is computed for the n th shortest path (306),
and stored in a path information database by the simulator
processor (308).
[0039] The path counter may be incremented by 1 (310).
If the attenuation of the previous n paths is less than a
threshold, the room simulator has generated the path infor-
mation of the simulated room for each microphone included
in the device, otherwise, the n th shortest path is determined
(304).
[0040] The auralizer 210, including a processor, generates
auralized multi-channel signals 212 and signal labels 214
corresponding to the auralized multi-channel signals 212
based on the inputs from the ARTF generator 202, the
microphone transfer function generator 204, the near-micro-
phone sound/speech generator 206, and the room simulator
208. The auralized path from a speaker to each microphone
is obtained by combining the transfer function of the path
from the room simulator 208 with that of the corresponding
ARTF for each microphone, represented by

Ry @) R ()2

[0041] where R, (2) is the auralized path. The overall
auralized transfer function from the speaker to the respective
microphone is obtained by combining all the paths to the
microphone, i.e.,

,
Hp(@) = Y Rym(2)

p=0

[0042] Ifx(n) is the signal from the speaker, the auralized
signal (y,,) to the m th microphone, is represented by

Y )7h,, *x(0);

[0043] where h,, is the impulse response of the transfer
function H,,(z). The auralized transfer function H, (z) may
be modified to simulate only the initial reverberation, while
the late reverberations can be simulated by a decaying
random process, where the decay rate is dependent on the
room reverberation characteristics, i.e.,
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V()=h,,, *x(n)+o(n)v(n)

[0044] where o(n) is the decaying function and v(n) is a
white noise process with unit variance.

[0045] As shownin FIG. 2, the auralizer 210 may generate
corresponding signal labels 214 in addition to the auralized
multi-channel signals 212. A label may be provided for a
corresponding feature extracted from a corresponding aural-
ized multi-channel signal. In one implementation, a label for
a corresponding feature may include spatial information on
the sound source. For example, in spherical coordinates, the
label for each corresponding signal feature may include the
azimuth, elevation and distance of the sound source from a
given microphone in the multi-microphone array. Other
three-dimensional coordinates such as Cartesian coordinates
or cylindrical coordinates may also be used.

[0046] FIG. 4 shows an example flow diagram for gener-
ating the auralized impulse response from the speaker to a
microphone. The auralizer retrieves the ARTFs of the multi-
microphone array of the device from the ARTF generator
(402), obtains the desired room dimensions and correspond-
ing reflection coefficients (404), and receives the prescribed
microphone transfer functions from the microphone simu-
lator (406). The room simulator generates the path informa-
tion for each path for each microphone of the device (408)
and extracts the corresponding ARTF to each microphone
for each of the paths (410).

[0047] The auralizer may compute the auralized path for
each microphone by convolving the path with the corre-
sponding ARTF (412) and combine all of the auralized paths
to a microphone to obtain the auralized impulse response for
the respective microphone (414). The auralized path may
then be convolved with the m th microphone transfer
function (416) and the auralized impulse responses for each
of the microphones (418).

[0048] As disclosed, in some embodiments the auralizer
generates an auralized impulse response for each micro-
phone for the simulated room dimensions and reflection
coeflicient, microphone transfer function, and position of the
microphone in the simulated room. In some embodiments
the auralizer determines an auralized impulse response for a
plurality of different scenarios, where the simulated room
configuration, the microphone transfer function, and/or the
simulated room dimensions and reflection coefficients may
change.

[0049] If the microphone transfer function is to be
changed, the respective microphone transfer function is
retrieved from the microphone simulator (406).

[0050] If the position of the speaker or microphone
changes, the room simulator generates the path information
for each path (408).

[0051] If the configuration of a new room is read, the
desired room dimensions and reflection coefficients are
obtained (404).

[0052] As disclosed herein, some embodiments may use
the auralized multi-channel signals generated by the aural-
izing system to train a neural network, a sound classifier, and
the like.

[0053] In some implementations, the auralizing system
may generate auralized multi-channel signals from not only
a stationary sound source but also a moving sound source.
For example, a moving sound source may be a person who
is talking and walking at the same time, or an animal that is
barking and running at the same time. For a moving sound
source, the ARTFs and the room impulse responses may be
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obtained across a dense grid of three-dimensional coordi-
nates over time, and each ARTF and each room impulse
response at a given point in space may vary as a function of
time. In some implementations, the ARTFs and the room
impulse responses may be regarded as having a fourth
dimension (time) in addition to the three dimensions of
space.

[0054] FIG. 5 shows an illustration of the auralized trans-
fer function of a moving sound source with respect to the m
th microphone.

[0055] The distance and direction of a moving sound
source with respect to the m th microphone can be expressed
in parametric form d(t) and 6(t), respectively, where t is the
time instant. Consequently, the auralized impulse response
from the speaker to a microphone at time t is a function of
the distance and direction, e.g., H,,(z, d(t), 0(?)), or more
concisely as H, (z, 1).

[0056] Let
R TR0 N S )
[0057] be the known impulse responses of the auralized

transfer functions H,,(z, ty), H,(z, t,), . . . , H,(z, tp)
respectively. Then the impulse response at any time t, where
0<t<T, can be estimated by interpolating across the known
impulses responses; i.e.,

h,y, (m)=Impulse_response_interpolator(h,, . (7).h
)+ o P (1))

[0058] Consequently, a moving sound source can be
implemented as a time-varying impulse response where the
variations are computed using the interpolator. If x(n) is the
signal from the moving source, the auralized signal at m th
microphone may be represented by:

V)= P (1)

[0059] where h,, (n) is a time-varying filter. FIG. 6 shows
a block diagram of an implementation for auralizing a
moving sound source.

[0060] In some embodiments, the output from each of the
transfer functions H,,(z, t,), H,,(z, t;), . . . , H,(z, t;) and an
appropriately selected weighted combination of the output
that varies over time is computed to auralize a moving sound
source. If x(n) is the input to the transfer functions H,,(z, t,),
H,(z, 1)), ..., H,(z t;) are the corresponding outputs, the
auralized signal, y,,(n), at the m th microphone can be
computed by utilizing time-varying weights; i.e.,

e

Y=o (O iAW @y 0D+ . wiD)y ()5

[0061] where w,(t)+w,(D+ ... +wt)=1. By appropriately
varying the weights w(t), w,(t), . . . w,(t), a moving source
can be simulated. A block diagram of an implementation is
shown in FIG. 7.

[0062] Embodiments of the presently disclosed subject
matter may be implemented in and used with a variety of
component and network architectures. For example, the
system for auralizing multi-channel signal for a multi-
microphone device as shown in FIG. 2 may include one or
more computing devices for implementing embodiments of
the subject matter described above. FIG. 8 shows an
example of a computing device 20 suitable for implementing
embodiments of the presently disclosed subject matter. The
device 20 may be, for example, a desktop, laptop computer,
server, or the like. The device 20 may include a bus 21 which
interconnects major components of the computer 20, such as
a central processor 24, a memory 27 such as Random Access



US 2019/0387315 Al

Memory (RAM), Read Only Memory (ROM), flash RAM,
or the like, a user display 22 such as a display screen, a user
input interface 26, which may include one or more control-
lers and associated user input devices such as a keyboard,
mouse, touch screen, and the like, a fixed storage 23 such as
a hard drive, flash storage, and the like, a removable media
component 25 operative to control and receive an optical
disk, flash drive, and the like, and a network interface 29
operable to communicate with one or more remote devices
via a suitable network connection.

[0063] The bus 21 allows data communication between
the central processor 24 and one or more memory compo-
nents, which may include RAM, ROM, and other memory,
as previously noted. Typically RAM is the main memory
into which an operating system and application programs are
loaded. A ROM or flash memory component can contain,
among other code, the Basic Input-Output system (BIOS)
which controls basic hardware operation such as the inter-
action with peripheral components. Applications resident
with the computer 20 are generally stored on and accessed
via a computer readable medium, such as a hard disk drive
(e.g., fixed storage 23), an optical drive, floppy disk, or other
storage medium.

[0064] The fixed storage 23 may be integral with the
computer 20 or may be separate and accessed through other
interfaces. The network interface 29 may provide a direct
connection to a remote server via a wired or wireless
connection. The network interface 29 may provide such
connection using any suitable technique and protocol as will
be readily understood by one of skill in the art, including
digital cellular telephone, Wi-Fi, Bluetooth®, near-field, and
the like. For example, the network interface 29 may allow
the computer to communicate with other computers via one
or more local, wide-area, or other communication networks,
as described in further detail below.

[0065] Many other devices or components (not shown)
may be connected in a similar manner (e.g., document
scanners, digital cameras and so on). Conversely, all of the
components shown in FIG. 8 need not be present to practice
the present disclosure. The components can be intercon-
nected in different ways from that shown. The operation of
a computer such as that shown in FIG. 8 readily known in
the art and is not discussed in detail in this application. Code
to implement the present disclosure can be stored in com-
puter-readable storage media such as one or more of the
memory 27, fixed storage 23, removable media 25, or on a
remote storage location.

[0066] More generally, various embodiments of the pres-
ently disclosed subject matter may include or be embodied
in the form of computer-implemented processes and appa-
ratuses for practicing those processes. Embodiments also
may be embodied in the form of a computer program
product having computer program code containing instruc-
tions embodied in non-transitory or tangible media, such as
floppy diskettes, CD-ROMs, hard drives, USB (universal
serial bus) drives, or any other machine readable storage
medium, such that when the computer program code is
loaded into and executed by a computer, the computer
becomes an apparatus for practicing embodiments of the
disclosed subject matter. Embodiments also may be embod-
ied in the form of computer program code, for example,
whether stored in a storage medium, loaded into or executed
by a computer, or transmitted over some transmission
medium, such as over electrical wiring or cabling, through
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fiber optics, or via electromagnetic radiation, such that when
the computer program code is loaded into and executed by
a computer, the computer becomes an apparatus for prac-
ticing embodiments of the disclosed subject matter. When
implemented on a general-purpose microprocessor, the com-
puter program code segments configure the microprocessor
to create specific logic circuits.

[0067] In some configurations, a set of computer-readable
instructions stored on a computer-readable storage medium
may be implemented by a general-purpose processor, which
may transform the general-purpose processor or a device
containing the general-purpose processor into a special-
purpose device configured to implement or carry out the
instructions. Embodiments may be implemented using hard-
ware that may include a processor, such as a general purpose
microprocessor or an Application Specific Integrated Circuit
(ASIC) that embodies all or part of the techniques according
to embodiments of the disclosed subject matter in hardware
or firmware. The processor may be coupled to memory, such
as RAM, ROM, flash memory, a hard disk or any other
device capable of storing electronic information. The
memory may store instructions adapted to be executed by
the processor to perform the techniques according to
embodiments of the disclosed subject matter.

[0068] In some embodiments, the multi-microphone
device 100 as shown in FIG. 1 may be implemented as part
of a network of sensors. These sensors may include micro-
phones for sound detection, for example, and may also
include other types of sensors. In general, a “sensor” may
refer to any device that can obtain information about its
environment. Sensors may be described by the type of
information they collect. For example, sensor types as
disclosed herein may include motion, smoke, carbon mon-
oxide, proximity, temperature, time, physical orientation,
acceleration, location, entry, presence, pressure, light,
sound, and the like. A sensor also may be described in terms
of the particular physical device that obtains the environ-
mental information. For example, an accelerometer may
obtain acceleration information, and thus may be used as a
general motion sensor or an acceleration sensor. A sensor
also may be described in terms of the specific hardware
components used to implement the sensor. For example, a
temperature sensor may include a thermistor, thermocouple,
resistance temperature detector, integrated circuit tempera-
ture detector, or combinations thereof. A sensor also may be
described in terms of a function or functions the sensor
performs within an integrated sensor network, such as a
smart home environment. For example, a sensor may oper-
ate as a security sensor when it is used to determine security
events such as unauthorized entry. A sensor may operate
with different functions at different times, such as where a
motion sensor is used to control lighting in a smart home
environment when an authorized user is present, and is used
to alert to unauthorized or unexpected movement when no
authorized user is present, or when an alarm system is in an
“armed” state, or the like. In some cases, a sensor may
operate as multiple sensor types sequentially or concur-
rently, such as where a temperature sensor is used to detect
a change in temperature, as well as the presence of a person
or animal. A sensor also may operate in different modes at
the same or different times. For example, a sensor may be
configured to operate in one mode during the day and
another mode at night. As another example, a sensor may
operate in different modes based upon a state of a home
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security system or a smart home environment, or as other-
wise directed by such a system.

[0069] In general, a “sensor” as disclosed herein may
include multiple sensors or sub-sensors, such as where a
position sensor includes both a global positioning sensor
(GPS) as well as a wireless network sensor, which provides
data that can be correlated with known wireless networks to
obtain location information. Multiple sensors may be
arranged in a single physical housing, such as where a single
device includes movement, temperature, magnetic, or other
sensors. Such a housing also may be referred to as a sensor
or a sensor device. For clarity, sensors are described with
respect to the particular functions they perform or the
particular physical hardware used, when such specification
is necessary for understanding of the embodiments disclosed
herein.

[0070] A sensor may include hardware in addition to the
specific physical sensor that obtains information about the
environment. FIG. 9 shows an example of a sensor as
disclosed herein. The sensor 60 may include an environ-
mental sensor 61, such as a temperature sensor, smoke
sensor, carbon monoxide sensor, motion sensor, accelerom-
eter, proximity sensor, passive infrared (PIR) sensor, mag-
netic field sensor, radio frequency (RF) sensor, light sensor,
humidity sensor, pressure sensor, microphone, or any other
suitable environmental sensor, that obtains a corresponding
type of information about the environment in which the
sensor 60 is located. A processor 64 may receive and analyze
data obtained by the sensor 61, control operation of other
components of the sensor 60, and process communication
between the sensor and other devices. The processor 64 may
execute instructions stored on a computer-readable memory
65. The memory 65 or another memory in the sensor 60 may
also store environmental data obtained by the sensor 61. A
communication interface 63, such as a Wi-Fi or other
wireless interface, Ethernet or other local network interface,
or the like may allow for communication by the sensor 60
with other devices. A user interface (UI) 62 may provide
information or receive input from a user of the sensor. The
UI 62 may include, for example, a speaker to output an
audible alarm when an event is detected by the sensor 60.
Alternatively, or in addition, the Ul 62 may include a light
to be activated when an event is detected by the sensor 60.
The user interface may be relatively minimal, such as a
limited-output display, or it may be a full-featured interface
such as a touchscreen. Components within the sensor 60
may transmit and receive information to and from one
another via an internal bus or other mechanism as will be
readily understood by one of skill in the art. Furthermore, the
sensor 60 may include one or more microphones 66 to detect
sounds in the environment. One or more components may be
implemented in a single physical arrangement, such as
where multiple components are implemented on a single
integrated circuit. Sensors as disclosed herein may include
other components, or may not include all of the illustrative
components shown.

[0071] Sensors as disclosed herein may operate within a
communication network, such as a conventional wireless
network, or a sensor-specific network through which sensors
may communicate with one another or with dedicated other
devices. In some configurations one or more sensors may
provide information to one or more other sensors, to a
central controller, or to any other device capable of com-
municating on a network with the one or more sensors. A
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central controller may be general- or special-purpose. For
example, one type of central controller is a home automation
network that collects and analyzes data from one or more
sensors within the home. Another example of a central
controller is a special-purpose controller that is dedicated to
a subset of functions, such as a security controller that
collects and analyzes sensor data primarily or exclusively as
it relates to various security considerations for a location. A
central controller may be located locally with respect to the
sensors with which it communicates and from which it
obtains sensor data, such as in the case where it is positioned
within a home that includes a home automation or sensor
network. Alternatively or in addition, a central controller as
disclosed herein may be remote from the sensors, such as
where the central controller is implemented as a cloud-based
system that communicates with multiple sensors, which may
be located at multiple locations and may be local or remote
with respect to one another.

[0072] Moreover, the smart-home environment may make
inferences about which individuals live in the home and are
therefore users and which electronic devices are associated
with those individuals. As such, the smart-home environ-
ment may “learn” who is a user (e.g., an authorized user) and
permit the electronic devices associated with those individu-
als to control the network-connected smart devices of the
smart-home environment, in some embodiments including
sensors used by or within the smart-home environment.
Various types of notices and other information may be
provided to users via messages sent to one or more user
electronic devices. For example, the messages can be sent
via email, short message service (SMS), multimedia mes-
saging service (MMS), unstructured supplementary service
data (USSD), as well as any other type of messaging
services or communication protocols.

[0073] A smart-home environment may include commu-
nication with devices outside of the smart-home environ-
ment but within a proximate geographical range of the
home. For example, the smart-home environment may com-
municate information through the communication network
or directly to a central server or cloud-computing system
regarding detected movement or presence of people, ani-
mals, and any other objects and receives back commands for
controlling the lighting accordingly.

[0074] The foregoing description, for purpose of explana-
tion, has been described with reference to specific embodi-
ments. However, the illustrative discussions above are not
intended to be exhaustive or to limit embodiments of the
disclosed subject matter to the precise forms disclosed.
Many modifications and variations are possible in view of
the above teachings. The embodiments were chosen and
described in order to explain the principles of embodiments
of the disclosed subject matter and their practical applica-
tions, to thereby enable others skilled in the art to utilize
those embodiments as well as various embodiments with
various modifications as may be suited to the particular use
contemplated.

1. A method of generating an impulse response from a
speaker to a first microphone of a plurality of microphones
of' a multi-microphone device via one or more sound paths,
the method comprising:

retrieving characteristic information based on a first sound

path of a plurality of sound paths to the first micro-
phone;
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generating simulator information based on the first sound
path to the first microphone;

generating a first auralized path for the first sound path to
the first microphone based on the characteristic infor-
mation and the simulator information; and

combining the first auralized path for the first sound path
to the first microphone with a second auralized path for
a second sound path to the first microphone to generate
an auralized transfer function for the first microphone.

2. The method of claim 1, further comprising:

retrieving a microphone transfer function for the first
microphone; and

convolving the first auralized path with the microphone
transfer function.

3. The method of claim 1, wherein generating the simu-
lator information is further based on generating a path
transfer function.

4. The method of claim 1, wherein generating the simu-
lator information is further based on reflection coefficients of
a simulated room.

5. The method of claim 3, wherein generating the simu-
lation information is further based on dimensions of a
simulated room.

6. The method of claim 1, wherein the generating the first
auralized path further comprises convolving the character-
istic information and the simulator information.

7. The method of claim 1, wherein the simulator infor-
mation includes a path-distance, signal attenuation, or direc-
tion of arrival.

8. The method of claim 1, wherein generating the simu-
lator information further comprises

A. determining an n-th shortest sound path from the
speaker to the first microphone, wherein n is a counter
that tracks the number of sound paths that have been
determined;

B. computing a path-distance, signal attenuation, or direc-
tion of arrival for the determined n-th shortest sound
path; and

C. incrementing the counter and returning to operation A
to determine a next n-th shortest sound path when n
sound path attenuation is not less than a threshold
value.

9. The method of claim 1, further comprising generating
the impulse response based on the auralized transfer func-
tion.

10. The method of claim 9, further comprising generating
an additional impulse response for each other microphone of
the plurality of microphones of the multi-microphone
device.

11. The method of claim 1, further comprising generating
a multi-channel sound signal.

12. The method of claim 9, wherein the impulse response
varies as a function of time.

13. A system for generating an impulse response from a
speaker to a first microphone of a plurality of microphones
of' a multi-microphone device via one or more sound paths,
the system comprising:

a room simulator including a processor and configured to

generate simulator information based on the first sound
path to the first microphone;
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an auralizer including a processor and configured to:

retrieve characteristic information based on a first
sound path of a plurality of sound paths to the first
microphone;

generate a first auralized path for the first sound path to
the first microphone based on the characteristic
information and the simulator information; and

combine the first auralized path for the first sound path
to the first microphone with a second auralized path
for a second sound path to the first microphone to
generate an auralized transfer function for the first
microphone.

14. The system of claim 13, further comprising:

a microphone transfer function generator including a
processor and configured to generate a microphone
transfer function for the first microphone,

wherein the auralizer is further configured to:
retrieve the microphone transfer function; and
convolve the first auralized path with the microphone

transfer function.

15. The system of claim 13, wherein the room simulator
is further configured to generate the simulator information
based on a path transfer function.

16. The system of claim 13, wherein the room simulator
is further configured to generate the simulator information
based on reflection coefficients of a simulated room.

17. The system of claim 13, wherein the room simulator
is further configured to generate the simulator information
based on dimensions of a simulated room.

18. The system of claim 13, wherein the auralizer is
further configured to generate the first auralized path by
convolving the characteristic information and the simulator
information.

19. The system of claim 13, wherein the simulator infor-
mation includes a path-distance, signal attenuation, or direc-
tion of arrival.

20. The system of claim 13, wherein room simulator is
further configured to:

A. determine an n th shortest sound path from the speaker
to the first microphone, wherein n is a counter that
tracks the number of sound paths that have been
determined.

B. compute a path-distance, signal attenuation, or direc-
tion of arrival for the determined n th shortest sound
path; and

C. increment the counter and return to operation A to
determine a next n th shortest sound path when n sound
path attenuation is not less than a threshold value.

21. The system of claim 13, wherein the auralizer is
further configured to generate the impulse response based on
the auralized transfer function.

22. The system of claim 21, wherein the auralizer is
further configured to generate an additional impulse
response for each other microphone of the plurality of
microphones of the multi-microphone device.

23. The system of claim 13, wherein the auralizer is
further configured to generate a multi-channel sound signal.

24. The system of claim 21, wherein the impulse response
varies as a function of time.
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