0 2023/064352 A 1 I K000 0O OO

(12) INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

J

=

(19) World Intellectual Property
Organization
International Bureau

(43) International Publication Date
20 April 2023 (20.04.2023)

(10) International Publication Number

WO 2023/064352 Al

WIPO I PCT

(51) International Patent Classification:
H04S 1/00 (2006.01) HO04R 5/02 (2006.01)

(21) International Application Number:
PCT/US2022/046398

(22) International Filing Date:
12 October 2022 (12.10.2022)

(25) Filing Language: English

(26) Publication Language: English

(30) Priority Data:
63/254,938 12 October 2021 (12.10.2021)  US

(71) Applicant: FASETTO, INC. [US/US]; 4110 N. Scottsdale
Road, Suite 315, Scottsdale, AZ 85251 (US).

(72) Inventors: CHRISTMAS, Coy; 4110 N. Scottsdale Road,
Suite 315, Scottsdale, AZ 85251 (US). SANTIAGO, Aj;
4110 N. Scottsdale Road, Suite 315, Scottsdale, AZ 85251
(US). WILSON, Kevin; 4110 N. Scottsdale Road, Suite
315, Scottsdale, AZ 85251 (US). JONES, Erik, W.; 4110
N. Scottsdale Road, Suite 315, Scottsdale, AZ 85251 (US).
MENDELSON, Mark; 4110 N. Scottsdale Road, Suite
315, Scottsdale, AZ 85251 (US). BERLIN, Edwin; 4110
N. Scottsdale Road, Suite 315, Scottsdale, AZ 85251 (US).

Agent: ASHCRAFT, J., Damon; Snell & Wilmer LL.P.,
One Arizona Center, 400 East Van Buren Street, Phoenix,
AZ 85004-2202 (US).

(74)

(81) Designated States (unless otherwise indicated, for every
kind of national protection available). AE, AG, AL, AM,
AQ, AT, AU, AZ, BA, BB, BG, BH, BN, BR, BW, BY, BZ,
CA, CH, CL, CN, CO, CR, CU, CV, CZ, DE, DJ, DK, DM,
DO, DZ, EC, EE, EG, ES, FI, GB, GD, GE, GH, GM, GT,
HN, HR, HU, ID, IL, IN, IQ, IR, IS, IT, JM, JO, JP, KE,
KG, KH, KN, KP, KR, KW, KZ, LA, LC, LK, LR, LS, LU,
LY, MA, MD, MG, MK, MN, MW, MX, MY, MZ, NA, NG,
NI, NO, NZ, OM, PA, PE, PG, PH, PL, PT, QA, RO, RS,
RU, RW, SA, SC, SD, SE, SG, SK, SL, ST, SV, SY, TH,
TJ, TM, TN, TR, TT, TZ, UA, UG, US, UZ, VC, VN, WS§,
ZA, ZM, ZW.

(84) Designated States (unless otherwise indicated, for every
kind of regional protection available): ARIPO (BW, GH,
GM, KE, LR, LS, MW, MZ,NA, RW, SD, SL, ST, SZ, TZ,
UG, ZM, ZW), Eurasian (AM, AZ, BY, KG, KZ, RU, TJ,
TM), European (AL, AT, BE, BG, CH, CY, CZ, DE, DK,
EE, ES, FI, FR, GB, GR, HR, HU, IE, IS, IT, LT, LU, LV,
MC, ME, MK, MT, NL, NO, PL, PT, RO, RS, SE, SI, SK,
SM, TR), OAPI (BF, BJ, CF, CG, CI, CM, GA, GN, GQ,
GW,KM, ML, MR, NE, SN, TD, TG).

Published:
with international search report (Art. 21(3))

(54) Title: SYSTEMS AND METHODS FOR WIRELESS SURROUND SOUND

100
, i Controd .

A/\'iﬁgzume 106 Module e 1 | Qi Spe;éigers
=== 104 g o] (= et i A58

114 : i Primary
¥ s I
User Bevics — Secondary
@z T kst 118

(57) Abstract: Systems and methods including one or more processors and one or more non-transitory storage devices storing com-
puting instructions configured to run on the one or more processors and perform receiving audio source data at a speaker; applying,
on the speaker, a digital signal processing algorithm to the audio source data to create post processed audio data; encoding, on the
speaker, the post processed audio data; and outputting the post processed audio data, as encoded, via the speaker. Other embodiments

are disclosed herein.



10

15

20

25

30

35

WO 2023/064352 PCT/US2022/046398

TITLE: SYSTEMS AND METHODS FOR WIRELESS SURROUND SOUND

CROSS-REFERENCE TO RELATED APPLICATIONS
[0001] This application claims the benefit of U.S. Provisional Number 63/254,938, filed
October 12, 2021, which is herein incorporated by this reference in its entirety.
FIELD
[0002] The disclosure relates generally to wireless speaker systems and, more
particularly to wireless surround sound speaker systems.
BACKGROUND
[0003] Traditional surround sound speaker systems comprise a plurality of speakers which
may be difficult to install, equalize, and operate in a home theater environment. Many of
todays’ high-end, at home, multi-speaker surround sound systems require cumbersome wires
that need to be run throughout a room and connected with bulky receivers or pre-amplifiers.
Consumer’s demand for the best-quality audio while demanding spartan décor gave rise to
soundbars, but soundbar systems do not deliver sufficient, high-quality audio. Furthermore,
such systems are ill-suited for the advanced surround sound and effects found in high-end
formats.
SUMMARY
[0004] In various embodiments the present disclosure provides systems and methods for
implementing surround sound. A system for implementing surround sound may comprise one
or more processors and one or more non-transitory computer-readable storage devices storing
computing instructions configured to run on the one or more processors and cause the one or
more processors to perform: receiving audio source data at a speaker, applying, on the
speaker, a digital signal processing algorithm to the audio source data to create post
processed audio data, encoding, on the speaker, the post processed audio data, and outputting
the post processed audio data, as encoded, via the speaker.
[0005] In various embodiments, the audio source data comprises a packet comprising
a physical layer communication protocol portion followed by a standardized communication
protocol header portion followed by a transport layer protocol portion and a standardized
communication protocol message portion. In various embodiments, encoding the post

processed audio data comprises splitting the post processed audio data into at least two
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different channels of audio data and adjusting a balance between frequency components of
the at least two different channels of audio data. In various embodiments, adjusting the
balance comprises applying one or more of an equalization effect and a filtering element.
[0006] In various embodiments, the speaker comprises a plurality of speakers and
transmitting the post processed audio data, as encoded, comprises transmitting a first channel
of audio data of the at least two different channels of audio data to a first speaker of the
plurality of speakers and transmitting a second channel of audio data of the at least two
different channels of audio data to a second speaker of the plurality of speakers that is
different than the first speaker of the plurality of speakers. In various embodiments, the
computing instructions are further configured to run on the one or more processors and cause
the processors to perform receiving an alternating current signal from a power cable
generating a time based signal using the alternating current signal and applying the digital
signal processing algorithm comprises applying the digital signal processing algorithm to the
audio source data and the time based signal to create the post processed audio data.
[0007] In various embodiments, generating the time based signal comprises
generating the time based signal using the alternating current signal and a phase locked loop
circuit. In various embodiments, the time based signal comprises a jitter-free reference
frequency at a predetermined sample rate. In various embodiments, the computing
instructions are further configured to run on the one or more processors and cause the
processors to perform after receiving the audio source data at the speaker, applying a dropout
mitigation method to the audio source data. In various embodiments, the dropout mitigation
method comprises one or more of a packet interpolation method, a spectral analysis method, a
packet substitution method using volume data, and a packet substitution method using lossy
compressed packets.
[0008] The forgoing features and elements may be combined in various combinations
without exclusivity, unless expressly indicated herein otherwise. These features and elements
as well as the operation of the disclosed embodiments will become more apparent in light of
the following description and accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS
[0009] The subject matter of the present disclosure is particularly pointed out and
distinctly claimed in the concluding portion of the specification. A more complete
understanding of the present disclosures, however, may best be obtained by referring to the
detailed description and claims when considered in connection with the drawing figures,

wherein like numerals denote like elements.
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[0010] FIG. 1 is a block diagram illustrating various system components of a system
for surround sound, in accordance with various embodiments;
[0011] FIG. 2 is a block diagram of a control module in a system for surround sound,
in accordance with various embodiments;
[0012] FIG. 3 is a block diagram of a wireless speaker in a system for surround
sound, in accordance with various embodiments;
[0013] FIG. 4 illustrates a data control scheme in a system for surround sound, in
accordance with various embodiments;
[0014] FIG. 5 is a block diagram of a wireless speaker in a system for surround
sound, in accordance with various embodiments;
[0015] FIG. 6 illustrates a process flow in a system for surround sound, in accordance
with various embodiments.

DETAILED DESCRIPTION
[0016] A number of embodiments can include a system. The system can include one
or more processors and one or more non-transitory computer-readable storage devices storing
computing instructions. The computing instructions can be configured to run on the one or
more processors and cause the one or more processors to perform receiving audio source data
at a speaker; applying, on the speaker, a digital signal processing algorithm to the audio
source data to create post processed audio data; encoding, on the speaker, the post processed
audio data; and outputting the post processed audio data, as encoded, via the speaker.
[0017] Various embodiments include a method. The method can be implemented via
execution of computing instructions configured to run at one or more processors and
configured to be stored at non-transitory computer-readable media The method can comprise
receiving audio source data at a speaker; applying, on the speaker, a digital signal processing
algorithm to the audio source data to create post processed audio data; encoding, on the
speaker, the post processed audio data; and outputting the post processed audio data, as
encoded, via the speaker
[0018] The detailed description of exemplary embodiments herein makes reference to
the accompanying drawings, which show exemplary embodiments by way of illustration and
their best mode. While these exemplary embodiments are described in sufficient detail to
enable those skilled in the art to practice the disclosures, it should be understood that other
embodiments may be realized and that logical, chemical, and mechanical changes may be
made without departing from the spirit and scope of the disclosures. Thus, the detailed

description herein is presented for purposes of illustration only and not of limitation. For
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example, the steps recited in any of the method or process descriptions may be executed in
any order and are not necessarily limited to the order presented. Furthermore, any reference
to singular includes plural embodiments, and any reference to more than one component or
step may include a singular embodiment or step. Also, any reference to attached, fixed,
connected or the like may include permanent, removable, temporary, partial, full and/or any
other possible attachment option. Additionally, any reference to without contact (or similar
phrases) may also include reduced contact or minimal contact.

[0019] Audio systems such as home theater systems may have a plurality of speakers
(eg.2, 4, 6, 8,10, 12, 14, 34 or as many as may be desired by the user). Traditional central
amplifier based systems tends to require many pairs of wires, most typically one pair of wires
to drive each speaker. In this regard, traditional systems may be cumbersome and time
consuming to install.

[0020] As described herein, the present system tends to mitigate the problems of
traditional systems by providing each speaker with an independent power supply, amplifier,
and data transport interfaces for streaming audio. In this regard, by placing the amplifier in
the same enclosure as the speaker, the amplifier’s power and spectral characteristics may be
tuned to the characteristics of speaker and its enclosure, thereby boosting efficiency and
sound quality. A transmitter unit (i.e., control module) for the speaker system may comprise
an input section, a processing system, a Bluetooth transceiver, a data transport device, and a
power supply.

[0021] The input section may accept audio signals in the form of HDMI, TOSLink,
Digital coax, analog inputs; stored data such as .mp3 or .wav files, or data sources such as
audio from streaming networks, computers, phones or tablets. The audio is input as or may be
converted to one or more digital streams of uncompressed samples of 16, 24, 32 and/or other
number of bits per sample at data rates of 44.1 ksps, 48 ksps, 96 ksps and/or other sample
rates. The audio may be for multiple channels such as stereo, quadraphonic, 5.1, 7.1, and/or
other formats. It may be formatted for processing through a spatializer such as, for example,
DOLBY ATMOS™.

[0022] The processing system may perform several functions. It may resample the
incoming audio signals and convert the stream to a desired output sample rate. It may process
the audio, providing such Digital Signal Processing (DSP) functions as equalization, room
acoustics compensation, speech enhancement, and/or add special effects such as echo and
spatial separation enhancement. Effects may be applied to all audio channels, or separately to

each speaker channel. The processing system may communicate with a smartphone or tablet
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through a BLUETOOTH ® interface to allow user control of parameters such as volume,
equalization levels, and/or choice of effects. The processed digital audio channels may be
converted to a stream of packets which are sent to the speakers via the data transport device.
[0023] The transceiver provides a link between the processing system in the control
module and a device such as a smartphone or tablet for user control of the system. It will be
appreciate that a BLUETOOTH ® interface is one exemplary interface type, other
possibilities may include a WiFi, proprietary wireless link and/or a wired connection. The
smartphone or tablet could be replaced with or augmented by a purpose-built interface
device.

[0024] The data transport device may send the packetized digital audio data to the
speaker modules. The method of transmission may be WiFi, HaLow, White Space Radio, 60
GHz radio, a proprietary radio design, and/or Ethernet over powerlines such as G.Hn. In
various embodiments, most of the bandwidth (e.g., between 60% and 99%, or between 80%
and 99%, or between 90% and 99%) for this device will be in the direction from the control
module to the speakers, but a small amount of data may be sent in the other direction to
discover active speakers in the system and/or comprise system control data. In addition to
streaming audio data, some control information may be included in the packets to control
aspects of the speaker operation. Such control information may include, for example, volume
and mute functions, and control of any DSP functions which may be implemented in the
speaker module. Another control function may include a wake up message to wake any
speakers that are asleep (in low power mode) when the system is transitioning from being
idle to being in use.

[0025] Digital audio data may be received by a data transport device of the speaker.
This data passes through a processor of the speaker, which may alter the signal using DSP
algorithms such as signal shaping to match the speaker characteristics. The drive signal
needed for the particular speaker is sent to the amplifier, which drives the speaker. A power
supply circuit supplies power to all the devices in the speaker unit.

[0026] Many data transport systems have limited bandwidth. To make the most use of
this bandwidth, it may be advantageous to use data compression. Lossless compression, such
as FLAC, can reduce the data rate while maintaining a desirable audio quality. Lossy
compression can further reduce the required data rate, but at a detriment to sound quality.
Choice of compression may depend on the number of speakers and the available bandwidth
of the data transport system.

[0027] In various embodiments, the system may employ the User Datagram Protocol
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(UDP) for communication. The UDP comprises low-level packetized data communications
which are not guaranteed to be received. No handshaking is expected, thereby reducing
overhead. In contrast, Transmission Control Protocol (TCP) communications are packetized
data which do guarantee delivery. However, TCP communications include a risk of delays
due to retransmission, tending thereby to increase system latency beyond a threshold for
practical use. For example, a wireless audio system, if used in conjunction with a video
source, should have low latency to avoid problems with synchronization between the video
and the audio. In various embodiments system latency is less than 25ms, or less than 20ms, or
less than 15ms, or below 5ms.

[0028] In various embodiments, the system may employ one or more dropout
mitigation methods depending on the character of the dropouts typically experienced by the
data transport system. For example, if lost packets are infrequent, and the number of
consecutive packets lost when there is a dropout is small (e.g., less than 4) then the system
may employ a first method of handling lost packets. The first method may comprise filling
the missing data in with an interpolation of the last sample received before the drop and the
first sample received after the drop. A second method may comprise performing a spectral
analysis of the last good packet received and the first good packet after the gap and then
interpolating in the frequency and phase domains. A third method employed by the system to
mitigate data dropouts is to determine where the audio from one channel is similar to that of
another. In this regard, where one packet from a single speaker is lost, a corresponding packet
for a different speaker may be substituted by the system without noticeable effect to the
listener. This substitution may be enhanced by tracking and comparing the overall volume
difference between several speakers and/or the difference in a number of frequency bands, to
generate a packet substitution equalizer configured to make one channel sound more like
another. A fourth method for handling dropped packets which may be employed by the
system is to include in each packet a lossy compressed version of the following packet data.
In normal operation, this lossy compressed data may be ignored. In response to a lost packet,
the data for the lost packet may be constructed from the compressed data already received in
the previous lossy compressed version of the associated packet.

[0029] In various embodiments, the system may perform time base correction. The
control module may send data at a nominal rate (e.g. 48,000 samples per second). This rate
may depend on a crystal oscillator or other time base in the control module or may be
encoded on the data coming in to the unit. Therefore this frequency might be higher or lower

than the nominal frequency by a small but measurable amount. Each speaker receives these
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packets of samples and must play them at exactly the rate at which they were generated in the
control module. If, however, the speaker does not do this and instead uses its own time base
which may be faster or slower than the time base in the control module, then, over time, the
speaker will lead or lag the control module. In this regard, there will be a noticeable and
objectionable time difference between speakers tending thereby to decrease sound quality for
the listener. A further problem which may arise from using a local time base in each speaker
is that, if the speaker runs slower than the control module, packets may tend to accumulate
(say, in a First In First Out (FIFO) memory) until memory is exhausted. Where the speaker
runs faster than the control module, no packets will be in the queue when the speaker is ready
to output new samples.

[0030] The system may perform a time base correction process. First, packets that are
received at the speaker are stored locally into a FIFO buffer of the speaker. The FIFO buffer
may be empty on power up, but after a few packets are received, the FIFO buffer contains a
nominal value of packets (e.g., 4 packets). Depending on the number of samples in a packet,
this nominal value may be used to set the latency of the system. The FIFO buffer also enables
the dropout mitigation method of filling in any missing packets, as described above. As new
packets are inserted into the FIFO buffer, the FIFO buffer grows in size, and as packets are
removed and sent to the speaker, the FIFO buffer shrinks. An oscillator that sets the sample
output frequency may be controlled by a phase locked loop. The frequency control may be
adjusted in the system software by the processing unit in the speaker. If the FIFO buffer has
fewer than the nominal number of packets in it, the output sample rate is reduced
responsively. If the FIFO buffer has more than the nominal number of packets in it, the
output sample rate is increased responsively. In this way, the system may maintain roughly
the correct output rate.

[0031] When the number of packets in the FIFO buffer is exactly the nominal
number, the system may match the frequency of the incoming packets using a phase
comparator and a loop filter. Every time a packet is received by the processor, the processor
time stamps the reception event. The time stamp may be a counter that is driven by the
oscillator. In this regard, the oscillator may also set the output frequency. By measuring using
this clock, the system may match the sample rate at the control module when it measures the
exact same frequency at the speaker. The time stamp is generated with sufficient resolution to
provide many bits of accuracy in measuring the phase of the incoming packets relative to the
output sample rate. This phase measurement may then be low pass filtered and used as in

input by the system to adjust the oscillator frequency of the phase locked loop. In this regard,
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the system may provide a stable output frequency that matches and tracks the average
frequency of the samples at the control module.

[0032] In various embodiments, to enable the control module to identify which
speakers are active, each speaker may send a “heartbeat” packet to the transmitter unit at a
low frequency such as, for example, 5 Hz. The heartbeat packet may comprise information
about the speaker, such, for example, as its placement (e.g., Right Front, Center, Rear Left,
Subwoofer, etc.), its specific channel number, and/or an IP address. The control module may
monitor the various heartbeat packets with a timeout process to determine which of the
plurality of speakers are currently active and available for playing audio. The control module
may provide this information to the user via an app native to the user device.

[0033] When all audio sources are idle and/or when the control module is turned off,
the control module may transmit a command to each of the plurality of speakers to enter a
sleep mode. In the sleep mode, the speakers reduce their power draw from an operating
power to a low power draw. While in sleep mode, the speakers may periodically monitor the
transport channel only to determine if the transmitter is commanding them to wake again in
preparation for use

[0034] In various embodiments and with reference to FIG. 1, an exemplary system
100 for wireless surround sound is illustrated. System 100 may include an audio/visual
source (A/V source) 102, a control module 104, one or more speakers (e.g., a plurality of
wireless speakers 108), and a user device 112. The speakers 108 include at least one primary
speaker 116 (e.g., a front speaker) and a secondary speaker 118 such as, for example, a
subwoofer or a rear speaker. The speakers 108 are described in more detail below and with
reference to FIG. 3.

[0035] In various embodiments, control module 104 may be configured as a central
network element or hub to access various systems, engines, and components of system 100.
Control module 104 may be a computer-based system, and/or software components
configured to provide an access point to various systems, engines, and components of system
100. Control module 104 may be in communication with the A/V source 102 via a first
interface 106. The control module may be in communication with the speakers 108 via a
second interface 110. In various embodiments the control modulel04 may be
communication with the speakers 108 via a fourth interface 120. The control module 104
may communicate with the speakers 108 via the second interface 110 and the fourth interface
120 simultaneously. The control module 104 may be in communication with the user device

112 via a third interface 114. In this regard, the control module 104 may allow
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communications from the user device 112 to the various systems, engines, and components of
system 100 (such as, for example, speakers 108 and/or A/V source 102). In this regard, the
system may transmit a high definition audio signal along with data (e.g., command and
control signals, etc.) to any type or number of speakers configured to communicate with the
control module 104.

[0036] In various embodiments the first interface 106 may be an audio and/or visual
interface such as, for example, High-Definition Multimedia Interface (HDMI), DisplayPort,
USB-C, AES3, AES47, S/PDIF, BLUETOOTH ®, and/or the like. In various embodiments,
any of the first interface 106, the second interface 110, and/or the third interface 114 may be
a wireless data interface such as, for example, one operating on a physical layer protocol such
as IEEE 802.11, IEEE 802.15, BLUETOOTH ®, and/or the like. In various embodiments, the
fourth interface 120 may be a Powerline Communication (PLC) type interface configure to
carry audio data. As described in further detail below, each of the various systems, engines,
and components of system 100 may be further configured to communicate via the
GRAVITY™ Standardized Communication Protocol (SCP) for wireless devices operable on
the physical layer protocol as described in further detail below that is being offered by
Fasetto, Inc. of Scottsdale, Arizona.

[0037] In various embodiments, a user device 112 may comprise software and/or
hardware in communication with the system 100 via the third interface 114 comprising
hardware and/or software configured to allow a user, and/or the like, access to the control
module 104. The user device may comprise any suitable device that is configured to allow a
user to communicate via the third interface 114 and the system 100. The user device may
include, for example, a personal computer, personal digital assistant, cellular phone, a remote
control device, and/or the like and may allow a user to transmit instructions to the system
100. In various embodiments, the user device 112 described herein may run a web application
or native application to communicate with the control module 104. A native application may
be installed on the user device 112 via download, physical media, or an app store, for
example. The native application may utilize the development code base provided for use with
an operating system of the user device 112 and be capable of performing system calls to
manipulate the stored and displayed data on the user device 112 and communicates with
control module 104. A web application may be web browser compatible and written
specifically to run on a web browser. The web application may thus be a browser-based
application that operates in conjunction with the system 100.

[0038] In various embodiments and with additional reference to FIG. 2, control
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module 104 is illustrated. Control module 104 may include a controller 200, an A/V receiver
202, a transcoding module 204, an effects processing module (FX module) 206, a user device
interface 208, a speaker interface 210 (such as, for example, a transmitter or transceiver), a
power supply 212, and a Powerline Communication modulator-demodulator (PLC modem)
214.

[0039] In various embodiments, controller 200 may comprise a processor and may be
configured as a central network element or hub to access various systems, engines, and
components of system 100. In various embodiments, controller 200 may be implemented in a
single processor. In various embodiments, controller 200 may be implemented as and may
include one or more processors and/or one or more tangible, non-transitory memories and be
capable of implementing logic. Each processor can be a general purpose processor, a digital
signal processor (DSP), an application specific integrated circuit (ASIC), a field
programmable gate array (FPGA) or other programmable logic device, discrete gate or
transistor logic, discrete hardware components, or any combination thereof. Controller 200
may comprise a processor configured to implement various logical operations in response to
execution of instructions, for example, instructions stored on a non-transitory, tangible,
computer-readable medium configured to communicate with controller 200.

[0040] System program instructions and/or controller instructions may be loaded onto
a non-transitory, tangible computer-readable medium having instructions stored thereon that,
in response to execution by a controller, cause the controller to perform various operations.
The term “non-transitory” is to be understood to remove only propagating transitory signals
per se from the claim scope and does not relinquish rights to all standard computer-readable
media that are not only propagating transitory signals per se. Stated another way, the meaning
of the term “non-transitory computer-readable medium™ and “non-transitory computer-
readable storage medium™ should be construed to exclude only those types of transitory
computer-readable media which were found in In Re Nuijten to fall outside the scope of
patentable subject matter under 35 U.S.C. § 101.

[0041] In various embodiments the A/V receiver 202 is configured to receive source
audio data from the A/V source 102 via the first interface 106. Controller 200 may pass the
source audio data to the transcoding module 204 for further processing. In various
embodiments, the transcoding module 204 is configured to perform conversion operations
between a first encoding and a second encoding. For example, transcoding module 204 may
convert the source audio from the first encoding to the second encoding to generate a

transcoded audio data for further processing by the FX module 206. In various embodiments,
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the transcoding module 204 may be configured to decode and/or transcode one or more
channels of audio information contained within the source audio data such as, for example,
information encoded as Dolby Digital, DTS, ATMOS, Sony Dynamic Digital Sound (SDDS),
and/or the like. In this regard, the transcoding module 204 may generate a transcoded audio
data comprising a plurality of channels of audio information which may be further processed
by the system.

[0042] In various embodiments, the FX module 206 may comprise one or more
digital signal processing (DSP) elements or may be configured to adjust the balance between
frequency components of the transcoded audio data. In this regard the FX module 206 may
behave as an equalization module to strengthen or weaken the energy of one or more
frequency bands within the transcoded audio data. In various embodiments, the FX module
206 may include one or more filtering elements such as, for example, band-pass filters
configured to eliminate or reduce undesired and/or unwanted elements of the source audio
data. Similarly, the FX module may include one or more effects elements and/or effects
functions configured to alter the transcoded audio data. For example, the effects functions
may enhance the data quality of the transcoded audio data, may correct for room modes, may
apply distortion effects, dynamic effects, modulation, pitch/frequency shifting, time-based,
feedback, sustain, equalization, and/or other effects. In various embodiments, the FX module
may be software defined and/or may be configured to receive over-the-air updates. In this
regard, the system may enable loading of new and/or user defined effects functions. In
various embodiments, the FX module 206 may be configured to apply any number of effects
functions to the transcoded audio data to generate a desired effected audio data comprising
the channels of audio information. In various embodiments, the FX Module 206 may also
resample the audio stream to alter the data rate. Controller 200 may pass the effected audio
data to the speaker interface 210.

[0043] In various embodiments, DSP functionality of the FX module resides
completely in the control module 104 and no additional processing occurs at the speakers. In
a various embodiments and as discussed below with brief additional reference to FIG. 3, the
FX module 206 functionality may be subsumed by a DSP 306 of each of the plurality of
speakers 300. In this regard, the size and complexity of the control module 104 may be
reduced by implementing the software defined FX module functionality via the DSP locally
within one or more of the plurality of speakers 300.

[0044] In various embodiments, the speaker interface 210 may be configured to

communicate via the second interface 110 with the plurality of speakers 108. In various
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embodiments, the speaker interface 210 may comprise a plurality of communication channels
each of which are associated with a speaker of the plurality of speakers 108. The controller
200 may assign each of the channels of audio information to the plurality of speakers 108.
For example, the speaker interface 210 may assign a first channel of the effected audio data
to a communication channel for the primary speaker 116 and may assign a second channel of
the effected audio data to a communication channel for the secondary speaker 118. In this
regard, the system may assign the plurality of channels of audio information to the plurality
of speakers on a one-to-one basis. Thereby the speaker interface 210 may facilitate streaming,
by the processor, the various channels of audio information to the speakers. In various
embodiments, the speaker interface 210 may be further configured to distribute instructions
(e.g., control commands) to the speakers.

[0045] In various embodiments, speaker interface 210 may include the PLC modem
214. In this regard the speaker interface 210 may be configured to communicate with the
plurality of speakers 108 via the fourth interface 120. The speaker interface 210 may be
configured to distribute only control commands via the second interface 110 and to distribute
only audio information via the fourth interface 120. In various embodiments, the speaker
interface may be configured to distribute all control commands and audio data via only the
second interface 110 or via only the fourth interface 120.

[0046] In various embodiments, the user device interface 208 is configured to enable
communication between the controller 200 and the user device 112 via the third interface
114. The user device interface 208 may be configured to receive control commands from the
user device 112. The user device interface 208 may be configured to return command
confirmations or to return other data to the user device 112. For example, the user device
interface 208 may be configured to return performance information about the control module
104, the effected audio data, speaker interface 210 status, speakers 108 performance or status,
and/or the like. In various embodiments, the user device interface 208 may be further
configured to receive source audio data from the user device 112.

[0047] In various embodiments, the power supply 212 is configured to receive
electrical power. The power supply 212 may be further configured to distribute the received
electrical power to the various components of system 100.

[0048] In various embodiments and with additional reference to FIG. 3, an exemplary
speaker 300 of the plurality of speakers 108 is illustrated. Speaker 300 includes a power
supply 302 configured to receive electrical power and distribute the electrical power to the

various components of speaker 300. Speaker 300 may further comprise a transceiver 304, a

12



10

15

20

25

30

WO 2023/064352 PCT/US2022/046398

DSP 306, an amplifier 308, and a speaker driver 310. In various embodiments, transceiver
304 is configured to receive the assigned channel of audio information and the control
commands from the control module 104 via the second interface 110. In various
embodiments, the transceiver may be further configured to pass status information and other
data about the speaker 300 to the control module 104. In various embodiments, the
transceiver 304 may be configured to communicate directly with the user device 112.

[0049] In various embodiments, the DSP 306 may be configured receive the assigned
channel of audio and apply one or more digital signal processing functions, such as, for
example sound effect algorithms, to the audio data. In this regard, the DSP 306 may perform
further effect functions to audio data which has already been processed by the FX module
206. In various embodiments, the DSP 306 may perform further processing in response to
commands from the control module 104. For example, the control module may command the
DSP to apply processing functions to equalize the speaker 300 output based on its particular
location within a room, to emulate a desired room profile, to add one or more effectors (e.g.,
reverb, echo, gate, flange, chorus, etc.), and/or the like. As discussed above, various
embodiments the DSP 306 may include and implement all the functionality of the FX module
206 which may be software defined. In this regard, the DSP 306 may generate a DSP audio
channel which may be passed to the amplifier 308 for further processing. The amplifier 308
may receive the DSP audio channel and may amplify the signal strength of the DSP audio
channel to generate a drive signal which may be passed to the speaker driver 310. In various
embodiments, the speaker driver 310 may receive the drive signal from the amplifier 308 and
in response convert the drive signal 310 to sound.

[0050] As discussed above and with additional reference to FIG. 4, a schematic
diagram of a data control scheme for wireless surround sound is illustrated. In various
embodiments, each of the user device 112, the A/V Source 102, the control module 104, and
the speakers 108 may be further configured to communicate via the SCP. In various
embodiments, the SCP may comprise a network layer protocol. In various embodiments,
system may prepend an SCP header 404 to a packet or datagram 400. In this regard SCP
header may be interposed between the physical layer communication protocol 402 (e.g,
802.11, 802.15, etc.) data and a transport layer protocol 406 (e.g., TCP/IP, UDP, DCCP, etc.)
data. The system 100 elements may be configured to recognize the SCP header 404 to
identify an associated SCP message 408. The system may then execute various actions or
instructions based on the SCP message 408.

[0051] For example, the SCP may define the ability of devices (such as, for example,
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the speakers 108, the control module 104, and the user device 112) to discover one another,
to request the transfer of raw data, to transmit confirmations on receipt of data, and to
perform steps involved with transmitting data. The SCP may define various control
commands to the speaker 300 to switch or apply the various DSP functions, to turn on or off
the power supply 302, to affect the signal strength output by the amplifier 308, and/or the
like. In various embodiments, the SCP may define the ability of the control module 104 to
alter the effects functions of the FX module 206 and/or the DSP 306, to select codes of the
transcoding module 204, to select audio source data, to power on or off the power supply
212, to assign or modify interfaces of the speaker interface 210, and or the like. In this regard,
as implemented in s system 100 the SCP enables discrete control over each of the plurality of
speakers 300 in real time to deploy audio signal processing functions to selected individual
speakers (e.g., primary 116) or groups of speakers (e.g., primary speaker 116 and secondary
speaker 118) such as, for example, frequency-shaping, dialogue-enhancement, room mode
correction, effects functions, equalization functions, tone control, balance, level and volume
control, etc. System 100 thereby enables individualized control of the sound output
characteristics of speakers 300.

[0052] With additional reference to FIG. 5, an exemplary speaker 500 of the plurality
of speakers 108 is illustrated. Speaker 500 comprises features, geometries, construction,
materials, manufacturing techniques, and/or internal components similar to speaker 300 but
includes a PLC Modem 512. Speaker 500 a power supply 502 configured to receive electrical
power and distribute the electrical power to the various components of speaker 500. In
various embodiments, the PLC modem 512 may comprise a module of the power supply 502.
Speaker 500 may further comprise a transceiver 504, a DSP 506, an amplifier 508, and a
speaker driver 510. In various embodiments, transceiver 504 is configured to receive the
control commands from the control module 104 via the second interface 110.

[0053] The PLC modem 512 may be configured to receive audio information via the
fourth interface 120 such as, for example, the plurality of channels of audio information
which may be broadcast from the control module 104 to the speaker 500. In various
embodiments, the control commands may include an instruction to the PLC modem regarding
the assigned channel of audio information such as a channel selection. The PLC modem 512
may be configured to strip the assigned channel of audio information from the plurality of
channels of audio information based on the channel selection. In various embodiments, the
transceiver 504 may be further configured to pass status information and other data about the

speaker 500 to the control module 104. In various embodiments, the transceiver 504 may be
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configured to communicate directly with the user device 112.

[0054] With additional reference to FIG. 6, a process 600 for streaming audio data in
system 100 is illustrated in accordance with various embodiments. The system may receive
audio source data 602 such as, for example, an HDMI source via the first interface 106. The
audio source data 602 may be encrypted. The system may decrypt the audio source data via,
for example, a decryption module or algorithm (e.g. an HDMI decoder with HDCP keys)
(step 604). In response, the system may generate one or more decrypted data streams 608. For
example, the audio source data may be 8 channel audio source data and the output of the
HDMI decoder may be 8 channel parallel I12S streams of data.

[0055] The system may apply a first Digital Signal Processing (DSP) algorithm to the
decrypted data streams (step 610). For example, the system may apply DOLBY ATMOS™
processing which may generate up to 34 channels of audio from the 8 channels of data
decoded in step 604. In response to applying the first DSP algorithm, the system may
generate a plurality of channels of audio data 612. In various embodiments the system may
apply additional DSP algorithms (e.g., a second DSP algorithm, a third DSP algorithm, . . . an
nth DSP algorithm) to the plurality of channels of audio data (step 614). The further
processing of 614 may include volume, equalization, or other effects as desired. The effects
may be applied to all channels, or separately to each channel on an individual or group basis.
In various embodiments, each channel of the plurality of channels of audio data may be
processed by a channel specific DSP algorithm (i.e., algorithms assigned on a one-to-one
basis for each of the plurality of channels of audio data). In this regard, the system may
generate a post processed audio data (e.g., the effected data) 616. The post processed audio
data may comprise a plurality of audio streams associated on a one-to-one basis with each
speaker of the plurality of speakers. In various embodiments, additional processing may be
applied to convert the sample rate to match the sample rate provided by a time base signal
generated by a time base generation process 628 as described below.

[0056] In various embodiments, the post processed audio data 616 may be encoded
to generate encoded post processed audio data 620 for transmission to the plurality of
speakers (step 618). For example, the post processed a data 616 may be encoded as ethernet
data. The audio streams may be loaded into packets and sent at a rate dictated by the sample
rate set by the time base signal. The encoded post processed audio data 620 may be passed to
the fourth interface for transmission (step 622). For example, ethernet encoded data may be
passed to an ethernet type PLC modem implementing a protocol such as H.Gn coupled to

power cable 624.
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[0057] In various embodiments, the system may receive a power signal 626 from the
power cable 624. The power signal may be an alternating current signal at or between 50 Hz
and 60 Hz or may be another signal modulated over the power cable 624. Process 628 may
generate a time base signal based on the power signal. In various embodiments, process 628
may comprise a phase locked loop circuit which generates a relatively jitter-free reference
frequency at a desired sample rate and its multiples. For example, process 628 may generate a
48 kHz sample rate and 256 * 48 kHz, or 12.288 MHz, as a reference clock or time base
signal 630 which may be used to drive the digital signal processing and the various systems
and modules of system 100 and process 600.

[0058] At each speaker, a PLC modem 632 may receive the encoded data and extract the
ethernet packets 634. The PLC modem 632 may pass the ethernet packets 634 to a processor
636 of the speaker for further processing. The processor 636 may accept only those packets
addressed to the corresponding speaker 642. The processor 636 may reconstruct the packets
to generate audio data 638 and pass the audio data 638 to a digital input audio amplifier 640
configured to drive the speaker 642. In various embodiments, the audio data may be passed
via I2S .

[0059] Benefits, other advantages, and solutions to problems have been described
herein with regard to specific embodiments. Furthermore, the connecting lines shown in the
various figures contained herein are intended to represent exemplary functional relationships
and/or physical couplings between the various elements. It should be noted that many
alternative or additional functional relationships or physical connections may be present in a
practical system. However, the benefits, advantages, solutions to problems, and any elements
that may cause any benefit, advantage, or solution to occur or become more pronounced are
not to be construed as critical, required, or essential features or elements of the disclosures.
[0060] The scope of the disclosures is accordingly to be limited by nothing other than
the appended claims, in which reference to an element in the singular is not intended to mean
“one and only one” unless explicitly so stated, but rather “one or more.” Moreover, where a
phrase similar to “at least one of A, B, or C” is used in the claims, it is intended that the
phrase be interpreted to mean that A alone may be present in an embodiment, B alone may be
present in an embodiment, C alone may be present in an embodiment, or that any
combination of the elements A, B and C may be present in a single embodiment; for example,
Aand B, A and C, B and C, or A and B and C. Different cross-hatching is used throughout
the figures to denote different parts but not necessarily to denote the same or different

materials.
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[0061] Systems, methods and apparatus are provided herein. In the detailed
description herein, references to "one embodiment", "an embodiment", "an example
embodiment", etc., indicate that the embodiment described may include a particular feature,
structure, or characteristic, but every embodiment may not necessarily include the particular
feature, structure, or characteristic. Moreover, such phrases are not necessarily referring to
the same embodiment. Further, when a particular feature, structure, or characteristic is
described in connection with an embodiment, it is submitted that it is within the knowledge of
one skilled in the art to affect such feature, structure, or characteristic in connection with
other embodiments whether or not explicitly described. After reading the description, it will
be apparent to one skilled in the relevant art(s) how to implement the disclosure in alternative
embodiment

[0062] Furthermore, no element, component, or method step in the present disclosure
is intended to be dedicated to the public regardless of whether the element, component, or
method step is explicitly recited in the claims. No claim element is intended to invoke 35
U.S.C. 112(f) unless the element is expressly recited using the phrase “means for.” As used
herein, the terms “comprises”, “comprising”, or any other variation thereof, are intended to
cover a non-exclusive inclusion, such that a process, method, article, or apparatus that
comprises a list of elements does not include only those elements but may include other

elements not expressly listed or inherent to such process, method, article, or apparatus.
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CLAIMS
What is claimed is:
1. A system comprising;
one or more processors; and
one or more non-transitory computer-readable storage devices storing computing
instructions configured to run on the one or more processors and cause the one or
more processors to perform:
receiving audio source data at a speaker;
applying, on the speaker, a digital signal processing algorithm to the audio
source data to create post processed audio data;
encoding, on the speaker, the post processed audio data; and

outputting the post processed audio data, as encoded, via the speaker.

2. The system of claim 1, wherein the audio source data comprises a packet comprising:
(1) a physical layer communication protocol portion followed by (2) a standardized
communication protocol header portion followed by (3) a transport layer protocol

portion; and (4) a standardized communication protocol message portion.

3. The system of claim 1, wherein encoding the post processed audio data comprises:
splitting the post processed audio data into at least two different channels of audio
data; and
adjusting a balance between frequency components of the at least two different

channels of audio data.

4. The system of claim 3, wherein adjusting the balance comprises:

applying one or more of an equalization effect and a filtering element.

5. The system of claim 3, wherein:
the speaker comprises a plurality of speakers; and
transmitting the post processed audio data, as encoded, comprises:
transmitting a first channel of audio data of the at least two different channels

of audio data to a first speaker of the plurality of speakers; and

18



10

15

20

25

30

WO 2023/064352 PCT/US2022/046398

transmitting a second channel of audio data of the at least two different
channels of audio data to a second speaker of the plurality of speakers that is

different than the first speaker of the plurality of speakers.

6. The system of claim 1, wherein:
the computing instructions are further configured to run on the one or more processors
and cause the processors to perform:
receiving an alternating current signal from a power cable;
generating a time based signal using the alternating current signal; and
applying the digital signal processing algorithm comprises:
applying the digital signal processing algorithm to the audio source data and

the time based signal to create the post processed audio data.

7. The system of claim 6, wherein generating the time based signal comprises:
generating the time based signal using the alternating current signal and a phase

locked loop circuit.

8. The system of claim 6, wherein the time based signal comprises a jitter-free reference

frequency at a predetermined sample rate.

9. The system of claim 1, wherein the computing instructions are further configured to run on
the one or more processors and cause the processors to perform:
after receiving the audio source data at the speaker, applying a dropout mitigation

method to the audio source data.

10. The system of claim 9, wherein the dropout mitigation method comprises one or more of
(1) a packet interpolation method, (2) a spectral analysis method, (3) a packet substitution
method using volume data, and (4) a packet substitution method using lossy compressed

packets.

11. A method implemented via execution of computing instructions configured to run at one
or more processors and configured to be stored at non-transitory computer-readable
media, the method comprising:

receiving audio source data at a speaker;
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applying, on the speaker, a digital signal processing algorithm to the audio source data
to create post processed audio data;
encoding, on the speaker, the post processed audio data; and

outputting the post processed audio data, as encoded, via the speaker.

12. The method of claim 11, wherein the audio source data comprises a packet comprising:
(1) a physical layer communication protocol portion followed by (2) a standardized
communication protocol header portion followed by (3) a transport layer protocol

portion; and (4) a standardized communication protocol message portion.

13. The method of claim 11, wherein encoding the post processed audio data comprises:
splitting the post processed audio data into at least two different channels of audio
data; and
adjusting a balance between frequency components of the at least two different

channels of audio data.

14. The method of claim 13, wherein adjusting the balance comprises:

applying one or more of an equalization effect and a filtering element.

15. The method of claim 13, wherein:
the speaker comprises a plurality of speakers; and
transmitting the post processed audio data, as encoded, comprises:
transmitting a first channel of audio data of the at least two different channels
of audio data to a first speaker of the plurality of speakers; and
transmitting a second channel of audio data of the at least two different
channels of audio data to a second speaker of the plurality of speakers that is

different than the first speaker of the plurality of speakers.

16. The method of claim 11, wherein:
the method further comprises:
receiving an alternating current signal from a power cable;
generating a time based signal using the alternating current signal; and

applying the digital signal processing algorithm comprises:
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applying the digital signal processing algorithm to the audio source data and

the time based signal to create the post processed audio data.

17. The method of claim 16, wherein generating the time based signal comprises:
generating the time based signal using the alternating current signal and a phase

locked loop circuit.

18. The method of claim 16, wherein the time based signal comprises a jitter-free reference

frequency at a predetermined sample rate.

19. The method of claim 11 further comprising:
after receiving the audio source data at the speaker, applying a dropout mitigation

method to the audio source data.

20. The method of claim 19, wherein the dropout mitigation method comprises one or more
of (1) a packet interpolation method, (2) a spectral analysis method, (3) a packet
substitution method using volume data, and (4) a packet substitution method using lossy

compressed packets.

21. An article of manufacture including a non-transitory, tangible computer readable storage
medium having instructions stored thereon that, in response to execution by a processor,
cause the processor to perform:

receiving audio source data at a speaker;

applying, on the speaker, a digital signal processing algorithm to the audio source data
to create post processed audio data;

encoding, on the speaker, the post processed audio data; and

outputting the post processed audio data, as encoded, via the speaker.

22. The article of manufacture of claim 21, wherein the audio source data comprises a packet
comprising:
(1) a physical layer communication protocol portion followed by (2) a standardized
communication protocol header portion followed by (3) a transport layer protocol

portion; and (4) a standardized communication protocol message portion.
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23. The article of manufacture of claim 21, wherein encoding the post processed audio data
comprises:
splitting the post processed audio data into at least two different channels of audio
data; and
adjusting a balance between frequency components of the at least two different

channels of audio data.

24. The article of manufacture of claim 23, wherein adjusting the balance comprises:

applying one or more of an equalization effect and a filtering element.

25. The article of manufacture of claim 23, wherein:
the speaker comprises a plurality of speakers; and
transmitting the post processed audio data, as encoded, comprises:
transmitting a first channel of audio data of the at least two different channels
of audio data to a first speaker of the plurality of speakers; and
transmitting a second channel of audio data of the at least two different
channels of audio data to a second speaker of the plurality of speakers that is

different than the first speaker of the plurality of speakers.

26. The article of manufacture of claim 21, wherein:
the method further comprises:
receiving an alternating current signal from a power cable;
generating a time based signal using the alternating current signal; and
applying the digital signal processing algorithm comprises:
applying the digital signal processing algorithm to the audio source data and

the time based signal to create the post processed audio data.

27. The article of manufacture of claim 26, wherein generating the time based signal
comprises:
generating the time based signal using the alternating current signal and a phase

locked loop circuit.

28. The article of manufacture of claim 26, wherein the time based signal comprises a jitter-

free reference frequency at a predetermined sample rate.
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29. The article of manufacture of claim 21, wherein the instructions :
after receiving the audio source data at the speaker, applying a dropout mitigation

method to the audio source data.

30. The article of manufacture of claim 29, wherein the dropout mitigation method comprises
one or more of (1) a packet interpolation method, (2) a spectral analysis method, (3) a
packet substitution method using volume data, and (4) a packet substitution method using

lossy compressed packets.

23



WO 2023/064352

ASV Source
102

i 1 (i

PCT/US2022/046398
1/6
100
Contro
e | | QeeeBeed Spealiers
Module 108
104 oo 20 S
114 I Primary
v 2 i I
User Device g i Secondary
a2y e et 118




WO 2023/064352

2/6
User Device Speaker Power
Interface interface Supply
208 218 212

PCT/US2022/046398

Controlier
200

PLC
Modem
214

A/V Reciever

Transcoding
Module
204

FX Module
206

oy
Z
Z

ez
7
%
prrer e




WO 2023/064352

3/6

Speakear Driver
310

Amplifier
308

[ )
Low ]
5

~ffrecccssnnna ] ] (Jromeccccenffige

Transceiver
304

Power Supply
302

FIG.3

PCT/US2022/046398

LAY
Gt
-



WO 2023/064352 PCT/US2022/046398
4/6

BN
<

[EEE 802.11
402

SCP Header
404

TCRPAUDP
406

SCP Message
408

FIG.4



WO 2023/064352

Speaker Driver
218

Ampiifier
508

DSk
=206

e} (il

Transceiver
204

Power Supply
202

e | 7 { o

PLC Modem
212

FIG.S

4]
S
<>

PCT/US2022/046398



WO 2023/064352 6/6 PCT/US2022/046398

5
b A A

Y

N
oy e
W “\\“\\\

7o
sati
7ai i

P

¥
3
fen) !
- H
— H
R
< i &2
H =3

D e

Y

Soawes 3
[ H
3 i
O i
[CeI {
i
i
- 3
L2 N .
§y 4 o e
g e il
N TS L
e &\\\‘\‘\“ :‘:“ s Soee) £
o> - oifremsanananed
[
N
3 §“ N
o . ¥
QL Sooed’
3 soecoese
% N
N 38
id
Raatans

Ny
e &

X
= &
§
H H
i i
N H
H H
o8 : s :
A e 3 <.} 3 _
coy Y fasa 2@} H =
fe ) 3 = i Do T2
H = H &
. i
N e N
i
RS »
A el [
[
¥
.
i
id
e
g \“
o A reanamann L N
Lt Eapopepe
)
L
Ny
{ § =%
- oy = i e
Ve T ey
RS N §
TN (e 3
E A LY E RNt 5 \
B JCte P N Y
}::‘} i e 'Q\. i } H
[t i b= § l\...\..s
R
! N LN
-
b
LTF ™
bt
"
N
O
b
L

SUBSTITUTE SHEET (RULE 26)



INTERNATIONAL SEARCH REPORT International application No.
PCT/US2022/046398

A. CLASSIFICATION OF SUBJECT MATTER
H04S 1/00(2006.01)i; HO4R 5/02(2006.01)i

According to International Patent Classification (IPC) or to both national classification and IPC

B. FIELDS SEARCHED

Minimum documentation searched (classification system followed by classification symbols)

HO04S 1/00(2006.01); HO4B 3/00(2006.01); HO4N 5/64(2006.01); HO4R 1/10(2006.01); HO4R 27/00(2006.01);
HO4R 5/02(2006.01); HO4R 5/04(2006.01)

Documentation searched other than minimum documentation to the extent that such documents are included in the fields searched

Korean utility models and applications for utility models
Japanese utility models and applications for utility models

Electronic data base consulted during the international search (name of data base and, where practicable, search terms used)

eKOMPASS(KIPO internal) & Keywords: wireless, surround, sound, speaker, system

C. DOCUMENTS CONSIDERED TO BE RELEVANT

Category™ Citation of document, with indication, where appropriate, of the relevant passages Relevant to claim No.

US 2017-0094433 Al (APPLE INC.) 30 March 2017 (2017-03-30)
X paragraphs [0012], [0016], [0038], [0042], [0052]-[0057], [0088], [0116]; and figures 1, 1-5,11-15,21-25
1A,6,13

A 6-10,16-20,26-30

US 2012-0155670 Al (PHILLIP RUTSCHMAN) 21 June 2012 (2012-06-21)
A paragraphs [0029]-[0096]; and figures 1-9 1-30

US 2020-0396542 Al (SONOS, INC.) 17 December 2020 (2020-12-17)
A paragraphs [0031]-[0245]; and figures 1-9 1-30

US 2008-0242222 Al (STUART BRYCE et al.) 02 October 2008 (2008-10-02)
A paragraphs [0033]-[0105]; and figures 1-13 1-30

KR 10-2017-0092407 A (LG ELECTRONICS INC.) 11 August 2017 (2017-08-11)
A paragraphs [0028]-[0347]; and figures 1-29 1-30

D Further documents are listed in the continuation of Box C. See patent family annex.

cited to establish the publication date of another citation or other
special reason (as specified)

«0” document referring to an oral disclosure, use, exhibition or other
means

«p>” document published prior to the international filing date but later than
the priority date claimed

*  Special categories of cited documents: “T” later document published after the international filing date or priority
«A” document defining the general state of the art which is not considered date and not in conflict with the application but cited to understand the
to be of particular relevance principle or theory underlying the invention
“D” document cited by the applicant in the international application “X” document of particular relevance; the claimed invention cannot be
“g» earlier application or patent but published on or after the international considered novel or cannot be considered to involve an inventive step
filing date when the document is taken alone
“L” document which may throw doubts on priority claim(s) or which is “Y> document of particular relevance; the claimed invention cannot be

considered to involve an inventive step when the document is
combined with one or more other such documents, such combination
being obvious to a person skilled in the art

“&” document member of the same patent family

Date of the actual completion of the international search

Date of mailing of the international search report

35208, Republic of Korea
Facsimile No. +82-42-481-8578

30 January 2023 31 January 2023
Name and mailing address of the ISA/KR Authorized officer
Korean Intellectual Property Office
189 Cheongsa-ro, Seo-gu, Daejeon YANG, JEONG ROK

Telephone No. +82-42-481-5709

Form PCT/ISA/210 (second sheet) (July 2022)




INTERNATIONAL SEARCH REPORT

Information on patent family members

International application No.

PCT/US2022/046398

Patent document

Publication date

Patent family member(s)

Publication date

cited in search report (day/month/year) (day/month/year)
uUs 2017-0094433 30 March 2017 us 10298291 B2 21 May 2019
uUs 2003-0210796 Al 13 November 2003
uUs 2004-0234088 Al 25 November 2004
us 2005-0018857 Al 27 January 2005
us 2008-0123868 Al 29 May 2008
us 2008-0158001 Al 03 July 2008
us 2011-0142267 Al 16 June 2011
us 2011-0216914 Al 08 September 2011
us 2011-0243354 A2 06 October 2011
us 2012-0121104 A1l 17 May 2012
us 7346332 B2 18 March 2008
us 7751795 B2 06 July 2010
us 7853341 B2 14 December 2010
us 8103009 B2 24 January 2012
us 9462386 B2 04 October 2016
uUs 9819391 B2 14 November 2017
uUs 2012-0155670 21 June 2012 CN 101637012 A 27 January 2010
EP 2119200 Al 18 November 2009
EP 2119200 Bl 18 April 2018
JP 2010-523018 A 08 July 2010
KR 10-1117058 Bl 29 February 2012
KR 10-2010-0015531 A 12 February 2010
uUs 2008-0226094 Al 18 September 2008
us 8155335 B2 10 April 2012
uUs 8325935 B2 04 December 2012
WO 2008-113053 Al 18 September 2008
uUs 2020-0396542 17 December 2020 EP 3970390 Al 23 March 2022
us 10681463 Bl 09 June 2020
us 11140485 B2 05 October 2021
us 2022-0174406 Al 02 June 2022
WO 2020-236731 Al 26 November 2020
uUs 2008-0242222 02 October 2008 EP 2080272 Al 22 July 2009
EP 2080272 Bl 21 August 2019
JP 2010-507294 A 04 March 2010
us 7987294 B2 26 July 2011
WO 2008-046141 Al 24 April 2008
KR 10-2017-0092407 11 August 2017 CN 107040847 A 11 August 2017
CN 107040847 B 08 September 2020
EP 3203761 Al 09 August 2017
us 10341771 B2 02 July 2019
us 2017-0223457 Al 03 August 2017
WO 2017-135585 A2 10 August 2017
WO 2017-135585 A3 19 July 2018

Form PCT/ISA/210 (patent family annex) (July 2022)




	Page 1 - front-page
	Page 2 - description
	Page 3 - description
	Page 4 - description
	Page 5 - description
	Page 6 - description
	Page 7 - description
	Page 8 - description
	Page 9 - description
	Page 10 - description
	Page 11 - description
	Page 12 - description
	Page 13 - description
	Page 14 - description
	Page 15 - description
	Page 16 - description
	Page 17 - description
	Page 18 - description
	Page 19 - claims
	Page 20 - claims
	Page 21 - claims
	Page 22 - claims
	Page 23 - claims
	Page 24 - claims
	Page 25 - drawings
	Page 26 - drawings
	Page 27 - drawings
	Page 28 - drawings
	Page 29 - drawings
	Page 30 - drawings
	Page 31 - wo-search-report
	Page 32 - wo-search-report

