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LISTING OF CHALLENGED CLAIMS

Claim 1

l.pre

A device, comprising:

1.1

a first ambient microphone configured to generate a first ambient signal,
wherein the first ambient microphone is part of an earpiece;

1.2

a second ambient microphone configured to generate a second ambient
signal, wherein the second ambient microphone is part of the earpiece;

1.3

an ear canal microphone configured to generate an ear canal signal,
wherein the ear canal microphone is part of the earpiece;

1.4

a speaker, wherein the speaker is part of the earpiece;

1.5

an eartip, configured to seal the earpiece between a first side and a
second side of the earpiece;

1.6

a memory that stores instructions; and

1.7

a processor, wherein the processor is part of the earpiece, wherein the
processor is operatively connected to the first ambient microphone,
wherein the processor is operatively connected to the second ambient
microphone, wherein the processor is operatively connected to the ear
canal microphone, wherein the processor is operatively connected to the
speaker, wherein the processor is operatively connected to the memory,
wherein the processor is configured to execute the instructions to
perform operations, the operations comprising:

1.8

receiving a first microphone signal, wherein the first microphone
signal is at least one of the first ambient signal or a modified first
ambient signal;

1.9

receiving a second microphone signal, wherein the second
microphone signal is at least one of the ear canal signal or a modified
ear canal signal;

1.10

receiving a third microphone signal, wherein the third microphone
signal is at least one of the second ambient signal or a modified second
ambient signal;

viil
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1.11

generating a background noise reduction signal using either the first
and second microphone signals or the second and third microphone
signals;

1.12

mixing an audio content signal and the background noise reduction
signal generating a mixed signal; and

1.13

sending a modified mixed signal to the speaker.

Claim 2

The device according to claim 1, wherein the operations further
comprise: generating an ambient signal from at least one of the first
ambient signal or the second ambient signal or a combination of both.

Claim 3

The device according to claim 2, wherein the operations further
comprise: sending a modified ambient signal to the speaker.

Claim 4

The device according to claim 3, where the modified ambient signal is
the ambient signal.

Claim 5

The device according to claim 3, wherein the operations further
comprise: generating the modified ambient signal by filtering an ambient
signal, wherein the ambient signal is generated from at least the first
ambient sound signal or the second ambient sound signal.

Claim 6

The device according to claim 3, wherein the operations further
comprise: generating a modified ambient signal by filtering the ambient
signal and modifying an amplitude of at least one frequency of the
ambient signal.

Claim 7

The device according to claim 1, wherein the modified mixed signal is
the mixed signal.

1X
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Claim 8

The device according to claim 1, wherein the operations further
comprise: generating the modified mixed signal by mixing the mixed
signal with an ambient signal, wherein the ambient signal is generated
from at least one of the first ambient signal, the second ambient signal
or a combination of both.

Claim 9

The device according to claim 8, wherein the operations further
comprise: analyzing at least one of the ambient signal or the ear canal
signal or a combination of both, to detect a user’s voice.

Claim 10

10

The device according to claim 9, wherein the operations further
comprise: reducing the audio content signal prior to generating the
mixed signal if the user’s voice is detected.

Claim 11

11

The device according to claim 9, wherein the operations further
comprise: reducing the ambient signal prior to generating the mixed
signal if the user’s voice is not detected.
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I. INTRODUCTION

Samsung Electronics Co., Ltd., Samsung Electronics America, Inc. (together
“Samsung”), and Harman International Industries, Inc. (“Harman’) (collectively,
“Petitioners”) request inter partes review (“IPR”) of claims 1-11 (“Challenged
Claims™) of U.S. Patent No. 11,683,643 (“’643pat.”).

II. GROUNDS FOR STANDING

Petitioners certify that the 643pat. is available for IPR and that Petitioners
are not barred or estopped from requesting IPR to challenge the claims on the
grounds herein.

III. STATEMENT OF PRECISE RELIEF REQUESTED FOR EACH
CLAIM CHALLENGED

Petitioners respectfully request review and cancellation under 35 U.S.C. §311

of the Challenged Claims in view of:!

Ground | Claims Basis

1A I-11 §103: Svean, Beasley, Andrea

1B 1-11 §103: Svean, Beasley, Andrea, Berg
2 1-11 §103: Asada, Usher

As to Grounds 1A and 1B, Svean, Beasley, Andrea, and Berg predate the May

4, 2007 filing date of Provisional Application No. 60/916,271, which is the earliest

! Petitioners do not concede that any Challenged Claims satisfy other requirements

for patentability that cannot be raised in IPR.
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priority date to which the Challenged Claims may be entitled.

Reference Date Pre-AIA Art At
Least Under
U.S. 6,754,359 (“Svean™) 06/22/2004 (issued) §102(b)
U.S. 5,251,263 (“Andrea”) 10/05/1993 (issued) §102(b)
U.S. 2006/0153394A1 (“Beasley”) | 07/13/2006 (published) §102(a)
U.S. 2006/0140416 (“Berg™) 06/29/2006 (published) §102(a)

As to Ground 2, this Petition asserts that the Challenged Claims are entitled

to a priority date no earlier than the filing date of the '643pat. on March 29, 2021.

See §V. Asada and Usher each predate

March 29, 2021.

Reference Date AIA Prior Art

At Least Under
U.S. 2018/0115818A1 (“Asada”) 04/26/2018 (published) §102(a)(1)
U.S. 2014/0270200 (“Usher”) 09/18/2014 (published) §102(a)(1)

IV. OVERVIEW OF THE ’643pat.

A.  The Specification

The ’643pat. is directed to “a method and device for suppressing echo in an

ear-canal when capturing a user’s voice when using an ambient sound microphone

and an ear canal microphone.” ’'643pat., 1:22-30. Figure 1 shows an earpiece

including an ambient sound microphone (ASM), ear canal receiver (ECR/speaker)

125, and an ear canal microphone (ECM) 123. Id., 6:16-20, 6:30-32.
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Ear canal
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'643pat., FIG. 1 (annotated)?

In sum, the earpiece processor measures a background noise signal and a voice
activity level based on signals captured by the ASM and ECM. The ASM signal and
the ECM signal may be mixed in a ratio that depends on those measurements, and
then the mixed signal is looped back to the user through the speaker. For example,
at low background noise levels and low voice activity levels, the ASM signal can be
amplified relative to the ECM signal in producing the mixed signal. /d., 2:40-43. At

high background noise levels and high voice activity levels, the ECM signal (which

2 All emphases/color/annotations added unless noted otherwise.
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is less susceptible to background noise) can be amplified relative to the ASM signal
in producing the mixed signal. Id., 2:46-49.

Figure 6 is a schematic of an operational unit 600 of the acoustic management
module for in-ear canal echo suppression. /d., 10:46-48. “During operation, the echo
suppressor 610 monitors the mixed signal 323 delivered to the ECR 125 and
produces an echo estimate §(n) of an echo y(n) 609.” Id., 11:7-10. The echo
suppressor 610 then “subtracts the echo estimate §(n) from the electronic internal

signal 410 to produce the modified electronic internal signal e(n) 412.” Id., 11:14-

16.
- Electronic
5 _ | ambient
K % -
§ §)| signal 426 M'Xe‘lj323
P '§ .g Audio Content | *'€M?
2 El 52 Acoustic audio
2% 2t content
424 Mixed Signal | 125
ASM 4 323 603
() ) Dﬁ Y NG NLAEER Ecgl]\j )) )1) Echo
111 l 620 suppressor
>4 | % 760|610
Voice622 : Vo'ic.e ';- i Q(’) 5
Activity Level * DEC'S_'OH ; {2_ ¥ 1 ym—|Echoy(n) 609
ogic | ¢ 188w !
} I85¢
412 \ 3 w=on /{ User’s voice u(n) |
< —: ((( u
Modified e(n) | ] k M
e]ectrlonic internal Echo Canceller | 419 607
signa Internal
Closely Modified electronic - L Sound
approximates internal signal or Electronlg Estimate
user’s voice u(n) “error signal,” e(n) 600 |r;thla(I) signal of the
z(n "
FIG. echo y(n)

’643pat., FIG. 6 (annotated)
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B.  Prosecution History

During prosecution, the Office issued a non-final action rejecting all claims
as obvious in view of Hietanen and Pedersen, and in further view of Travers or
Chen, depending on the claim. EX1004, 567-75. In response, the applicant amended
the claims. Id. at 544-547. The applicant stated that support for the amendments
could be found in “paragraphs [0005], [0006], [0011], [0013], [0044], [0049], and
[0050].” Id., at 548.

The applicant also distinguished the examiner-cited prior art based on the
amendments. /d., at 548-557. For example, the amended claims require sending a
signal including ambient sound to the speaker, and the applicant argued that
Hietanen 1s not designed to introduce ambient sound into the auditory tube 10. /d.,
at 549, 554. As another example, the amended claims require a single earpiece
including two ambient microphones, an ear canal microphone, a processor, and a
memory, and the applicant argued that the cited art fails to disclose such an earpiece.
Id., at 555. In particular, the applicant explained that the claimed combination is
important “since two ambient sound microphones allow more functionality, for
example that can be used for beam sampling to detect voices.” Id., at 556.

Following another applicant amendment to the preamble, the Office mailed a

Notice of Allowance on April 27, 2023. Id., at 16.
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V. THE CLAIMS OF THE ’643PAT. ARE NOT ENTITLED TO A
PRIORITY DATE EARLIER THAN MARCH 29, 2021

The Board can consider the Challenged Claims’ priority date. See Parus
Holdings, Inc. v. Google LLC, 70 F.4" 1365, 1374 (Fed. Cir. 2023). A priority claim
to an earlier application is valid only if the earlier application, inter alia, provides
adequate written description for the claims pursuant to §112. See 35 U.S.C. §120;
Anascape, Ltd. v. Nintendo of Am., Inc., 601 F.3d 1333, 1335 (Fed. Cir. 2010).

The *643pat. issued from U.S. application number 17/215,804 (“’804App.”),
and claims priority as a continuation-in-part of U.S. application number 16/247,186
(“’186App.”) filed on January 14, 2019. As explained below, the *186App. does not
include a written description from which a person having ordinary skill in the art
(POSITA) would have concluded that the applicant was in possession of the *643pat.
claims as of January 14, 2019. The ’186App. incorporates by reference U.S.
Application Nos. 13/956,767 (“’767App.”); 12/170,171 (*’171App.”); 12/115,349
(“’349App.”), and Provisional Application No. 60/916,271 (*“’271PROV.”)
(together, the “Priority Applications”). For purposes of this analysis, Petitioners
consider the disclosures of the Priority Applications as part of the disclosure of the

"186App.
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A.  No support for a single earpiece including a “first” and “second”
“ambient microphone.”

Claim 1 requires “first” and “second” ambient microphones that are part of an
earpiece. '643pat., 16:30-35. Patent Owner (PO) added this limitation to the claim
by amendment during prosecution and PO distinguished the prior art on the basis of
this limitation, explaining that it provides “more functionality” such as “beam
sampling.” EX1004, 544, 555-556. The *186App. does not disclose this feature.
Polish 946-49. The *186App. discloses at most one ambient sound microphone in
a single earpiece. See 186 App. 4[0031] (“Earpiece 100 includes an Ambient Sound
Microphone (ASM) 111 to capture ambient sound.”).

PO may argue that the disclosures in paragraphs [0006] and [0010] of the
186 App.—which describe “a method for in-ear canal echo suppression control”
including a step of capturing an ambient signal “from at least one Ambient Sound
Microphone (ASM)”—discloses a single earpiece with two ASMs. But those
disclosures are insufficient because a POSITA would have understood that the
’186App. only disclosed the structure of a single earpiece with a single ASM and
that the disclosed method involved capturing ambient sound signals at an ASM in
each of two earpieces. See '349App. Y9[0053]-[0054] (describing a “right earpiece

ASM signal” and a “left earpiece ASM signal”), FIG. 6; Polish 948.
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The applicant stated that support for the claim amendment introducing this
limitation would be found in “paragraphs [0005], [0006], [0011], [0013], [0044],
[0049], and [0050].” EX1004, 548. The table below shows the correspondence
between the paragraphs identified by the applicant in the ’804App. and the parent
’186App. None of the paragraphs identified by the applicant disclose a single

earpiece with two ASMs. Polish J49.

’804App. | Parent *186App.

[0005] The statement “Embodiments in accordance with the present invention
provide a method and device for background noise control, ambient
sound mixing and other audio control methods associated with an

earphone” is not present in any Priority Application. The remainder

of the paragraph is analogous to paragraph [0001] of the *186App.

[0006] | [0006]

[0011] |[0011]

[0013] | [0013]

[0044] | [0039]

[0049] | [0044]

[0050] | [0050]
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B. No support for “mixing an audio content signal and the
background noise reduction signal generating a mixed signal”

Claim 1 requires “mixing an audio content signal and the background noise
reduction signal generating a mixed signal.” PO added this limitation to the claim
by amendment during prosecution. EX1004, 545. The *186App. does not disclose
this feature. Polish 9950-56. As an initial matter, the *186App. does not disclose a
“background noise reduction signal.” Id. §51. PO may argue that the echo estimate
signal y(n) discloses a “background noise reduction signal,” but even if true, the
"186App. does not disclose mixing the echo estimate signal y(n) with the audio
content signal. /d. As illustrated, for example, in Figures 4 and 6, the *186App.
discloses that the audio content signal is mixed with an ambient signal and the

internal signal (or “error signal) e(n), not the echo estimate signal y(n). Id. 452.
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Electronic -
S _ | ambient Audio Mixed
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© L% "
8 Sz Audio Conten
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§% gt content
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ASM 426 323 T\, 603
( *(n) ¢r 1
) P ) AEZ 1)) [Eehe
111 l suppressor
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Voice } e T\
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a Logic |} 88 I
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z(n) 410 N
FIG. echo y(n)

’643pat., FIG. 6 (annotated)

PO may also argue that a POSITA would have understood the error signal

e(n) to be a “background noise reduction signal,” but that would be unreasonable

because the error signal e(n) is either of low or no magnitude (when the user is not

speaking) or approximates the users voice (when the user is speaking). Polish §953-

55 (citing *186App. Y[0055]-[0056], [0061]-[0064]). A POSITA would have

understood spoken voice and background noise to be two different things. Thus, a

POSITA would have understood that the error signal could not have the effect of

reducing background noise when mixed with the ambient signal and the audio

content signal. /d.

10
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That the *186App. does not disclose this feature is reinforced by the fact that
the *186App. accomplishes noise reduction by filtering the ambient signal and
internal signal prior to mixing them with the audio content signal. See '186A4pp.
M[0045] (“The acoustic management module 201 filters the electronic ambient
signal 426 and the electronic internal 410 signal based on a characteristic of the
background noise signal using filter coefficients ....”), [0059] (“The acoustic
management module 201 can additionally apply frequency specific filters based on
the characteristics of the background noise.”); 349App. 9[0065]-[0066], FIG. 8;
Polish 456. In other words, a POSITA would have understood that the *186App.
does not disclose mixing a “background noise reduction signal” with an “audio
content signal” because the *186App. affirmatively discloses reducing noise by
implementing a filtering technique, not by generating and mixing a “background
noise reduction signal” with an audio content signal. Polish 456.

C. No support for dependent claim 8

Independent claim 1 recites “sending a modified mixed signal to the speaker,”
and dependent claim 8 recites “generating the modified mixed signal by mixing the
mixed signal with an ambient signal.” ’643pat., 18:1-7. A POSITA would have
understood claim 8 to require two-step mixing. Polish §57. That is, “generating a
mixed signal” as required by claim 1, and then mixing the mixed signal with an

“ambient signal”—i.e., two-step mixing. /d. There is no disclosure of this feature in

11
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the *186App. Id. §57. Even if the *186App. discloses the claimed “mixed signal” (it
does not for the reasons discussed in §V.B), the *186App. does not disclose mixing
any “ambient signal” with an already mixed signal. /d.

VI. LEVEL OF ORDINARY SKILL IN THE ART

A POSITA at the time of the alleged invention of the *643pat. would have had
a Bachelor’s of Science degree (or equivalent) in electrical engineering, computer
science, or a similar field and two years of experience in the design of digital audio
systems and associated signal processing such as voice and/or speech processing
and/or acoustic pattern recognition. Polish §19. A greater amount of education could
compensate for fewer years of work experience, and vice versa. Id. This is the
appropriate level of skill whether the claims are entitled to priority as of May 4,
2007, or March 29, 2021. Id. 918.

VII. CLAIM CONSTRUCTION

Petitioners are unaware of any “prior claim construction determination”
related to the '643pat. See 37 C.F.R. §42.100(b). Petitioners note that the District
Court in the Eastern District of Texas has construed certain claim terms of U.S.
11,057,701 (*“°701 patent”)—the ’'643pat.’s parent—that are not present in the
"643pat. (EX1011), and the Board issued an FWD regarding the *701 patent that did

not expressly construe any claim terms (EX1013).

12
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Given the close correlation and substantial identity between the prior art
references and the Challenged Claims, no express constructions of the claims are
necessary. Thus, the claims should be given their plain and ordinary meaning.’
Phillips v. AWH Corp., 415 F.3d 1303 (Fed. Cir. 2005) (en banc).

VIII. EXPLANATION OF GROUNDS

A. Ground 1A: Svean, in combination with Beasley and Andrea,
renders claims 1-11 obvious

1. Overview of Svean-Beasley-Andrea

The *643pat. claims are an obvious combination of Beasley’s audio bypass
feature and Andrea’s noise-cancelling technique in Svean’s ear terminal. Polish 58.
Svean, Andrea, and Beasley are analogous to the '643pat. because they are within
the same field of endeavor of the '643pat. and/or reasonably pertinent to one or more
problems addressed by the '643pat. Id.

Svean discloses an ear terminal that acts as a hearing protector and has
wireless communication capabilities. Svean, 1:24-27. The ear terminal includes an
outer microphone M1, an inner microphone M2, a sound generator (speaker), and

an electronics unit 11. Id., 5:29-51, 5:57-61.

3 Petitioners reserve all rights to raise claim construction arguments and other

arguments in any parallel or future litigation concerning the ’643pat.
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Svean, FIG. 1 (cropped and annotated)
The electronics unit in Svean’s ear terminal includes a digital signal processor
and memory for storing programs. Id., 6:33-58. A digital interface E12 exchanges
digital audio signals to and from the ear terminal from other devices, including

communication signals. /d., 6:59-7:13.
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Svean, FI1G. 2

Svean discloses that its ear terminal can perform “active noise cancelling by
feedback of acoustic signals” from “microphones (M1, M2) through[] the sound
generator (SG),” but notes that the “algoritmes [sic] for noise control are per se
known and will not be described in any detail.” Id., 4:45-50. Svean further explains
that “[r]estoration of desired sounds (external sounds and signals from [a]
communication system) ... is achieved by using the same microphones M1, M2 and
loudspeaker SG and the electronics unit 117 but, again, explains that the “algoritmes
[sic] for obtaining this are per se known and will not be described in any detail here.”

ld., 4:51-62.
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To the extent a POSITA required additional details for implementing active
(1) noise cancellation and (2) restoration of desired sounds in Svean’s ear terminal,
a POSITA would have readily identified Beasley and Andrea. Polish 462. With
respect to restoring desired sounds in a noise cancelling ear terminal, a POSITA
would have readily identified Beasley, which discloses a headset with various
features related to providing ambient pass-through and audio signals (i.e., restoring
desired sounds) in a noise-cancelling headset. /d. As discussed below, a POSITA
would have been motivated to implement these related features in Svean’s ear
terminal. /d.

Beasley discloses improving active noise-reducing headsets by providing an
ambient sound passthrough feature. Beasley 4[0006]-[0009]. More particularly,
Beasley discloses an ‘“audio bypass module 306 ... implemented to allow
background sounds originating outside the headset to more readily be heard by the
user of an audio headset.” Id. §[0033]. Beasley discloses implementing its solution
in “headset applications where it may be useful or desirable for a user to allow
outside audio information such as, for example, a conversation to pass through the
headset so this information can be heard by the user.” Id. [0027]. And it may be
“implemented utilizing hardware, firmware, software, or a combination thereof, as

may be desirable based on the given application.” /d. [0033].
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Beasley, F1G. 3
With reference to Figure 9, Beasley discloses a bypass module 306 with
amplifiers that variably adjust the gain of a noise-cancellation signal 728, a
background audio signal 726, and an audio signal 314. The signals are then mixed
in summer 730 and amplified by driver/amplifier 732 to generate a signal that is
provided to the speaker 332. Id. §[0053]. The output of summer 730 is variably

amplified by driver/amplifier 732 prior to output from the speaker 332. Id. [0051].
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Beasley, Fig. 9 (annotated)

“[W]hen the audio bypass mode is initiated, the gain of variable gain
amplifiers 922 and 926 is attenuated such that noise cancellation signal 728 and
audio signal 314 are attenuated and the gain of variable gain amplifier 924 is
increased such that the background audio signal 726 is amplified and readily heard
by the user through speaker 332.” Id. [0053]. “Conversely, when the bypass mode
is terminated, the gain of variable gain amplifier 924 is turned down such that the
background audio signal 726 is no longer amplified (or is attenuated to some extent).
Additionally, the gain of variable gain amplifier 926 is increased such that audio
signal 314 is amplified and can be readily heard by the user via speaker 332.” Id.
110053].

A POSITA would have been motivated to implement Beasley’s teachings

related to implementing its audio bypass feature into Svean’s ear terminal and would
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have had a reasonable expectation of success. Polish §67. A POSITA would have
considered the combination obvious because it amounted to applying a known
technique (Beasley’s audio bypass feature) to a known device (the Svean ear
terminal) ready for improvement (Svean already discloses a noise-cancelling headset
that can restore desired sounds for the user) to yield predictable results (a noise-
cancelling ear terminal that has Beasley’s passthrough feature). /d.

Svean does not expressly disclose implementing two outer microphones in its
ear terminal. Nevertheless, a POSITA would have considered that obvious because
there were multiple known motivations for adding a second ambient microphone to
Svean’s ear terminal. Id. §68. For example, Beasley discloses that instead of using a
single microphone for generating both the noise-cancellation signal and the
background audio signal, one or more additional and separate microphones may be
provided. Beasley §[0056]. “One advantage [of adding an additional microphone],
depending on the alternative placement, is that it may allow the microphone(s) 312
to be directed toward the source of the background audio for better pickup.” Id. Thus,
a POSITA would have understood Beasley to expressly suggest a second
microphone oriented toward the desired background audio for better pickup. Polish
q68.

Moreover, a POSITA would have been aware of earpieces similar in form

factor and processing capabilities to Svean’s ear terminal that implement multiple
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ambient microphones. /d. §469-73 (citing Berg 9[0028], [0034], FIG. 1; Hamacher
[0024]; Trajkovic §[0017]; Stirnemann 9[0028]; Lichtblau Y[0064]; Arndt-568,
1:43-2:17, 2:33-36).*

Thus, a POSITA would have found it obvious to add a second ambient
microphone as taught by Beasley to Svean because it amounted to the use of a known
technique (Beasley’s additional ambient sound microphone) to a known device
(Svean’s ear terminal) ready for improvement (Svean’s ear terminal can accept a
second ambient microphone) to yield predictable results (Svean’s ear terminal with
two outer microphones). Polish §74.

A POSITA also would have been motivated to incorporate Beasle)’s teaching
related to providing variable amplification of the output of Beasley’s summer in
Svean. Id. §75. A POSITA would have understood that Beasley’s driver/amplifier
732 provides the ability to control the output volume of the summed (i.e., mixed)
signal. /d. A POSITA would have recognized that providing variable amplification

of the output signal is a common feature of audio systems because it provides users

* To the extent that EX1021-1038 are cited in this Petition, it is merely to
demonstrate a POSITA’s knowledge and/or as evidence that a POSITA would have
been motivated to make the combinations in the manner discussed in this Petition.

These exhibits are not part of the unpatentability grounds.
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control over the volume of audio output. Id. (citing Arndt, 1:13-23, Boersma
9[0063]). Thus, a POSITA would have found it obvious to further modify the Svean-
Beasley combination to include variable amplification of the mixed signal because
it amounted to applying a known technique (variable amplification of a signal prior
to output) to a known device (the Svean-Beasley combination) ready for
improvement to yield predictable results (the Svean-Beasley combination with
variable amplification of the mixed signal prior to output). /d. 76.

With respect to additional details for implementing noise-cancellation in
Svean’s ear terminal, a POSITA would have readily identified Andrea. Id. §77. As
an initial note, Beasley’s audio bypass feature is not limited to a particular technique
for generating a noise-cancellation signal. See Beasley 9[0032]. Andrea discloses a
known technique for using external and internal microphones similar to Svean to
implement noise cancellation and speech enhancement. Andrea, 1:26-56. In
particular, Andrea discloses an in-ear headset unit 40 including a speaker 50, a
reference microphone 60 to detect external background signals, and a feedback

microphone 70 in the ear canal. Andrea, 6:45-51.
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Andrea discloses the headset operates in two modes—a receive mode (Figure
5) and a transmit mode (Figure 6). Id., 7:8-9. In receive mode, the microphone 60
picks up background sound (e.g., crowd noises) and supplies them to processor 110
along with a feedback or error signal from the microphone 70. Id., 7:10-15. The
processor 110 processes the signal and outputs an “anti-noise” signal to a combining
circuit 114 along with a signal from an intercom 112. Id., 7:15-25. The combined
signal is supplied to the speaker 50 to be heard by the user. /d., 7:25-34.

The transmit mode operates when the user wants to speak. /d., 7:35-40. When
the user speaks, the system either uses a push-to-talk switch or a voice-operated

switch (VOX switch), which causes the internal feedback microphone signal to no
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longer be supplied to the processor 110 for generation of the anti-noise signal
(because it is currently a voice signal, not an error signal). /d., 7:40-8:2.

A POSITA would have been motivated to implement Andrea’s teachings
regarding generating an anti-noise signal into Svean and would have had a
reasonable expectation of success. Polish §81. A POSITA would have found it
obvious to incorporate Andrea’s teachings regarding noise cancellation into Svean
because it amounted to the application of a known technique (4Andrea’s noise-
cancellation technique) to a known device (Svean’s ear terminal with internal and
external microphones and a processor) ready for improvement (Svean already
discloses active noise cancellation using microphones M1, M2) to yield predictable
results (Svean’s ear terminal implementing a known algorithm for implementing
active noise cancellation). /d.

As explained further below, the Svean-Beasley-Andrea combination discloses
or suggests each limitation of the Challenged Claims.

2. Claim 1
a. [l.pre]

To the extent the preamble is limiting, Svean discloses an “ear terminal.”
Svean, Abstract. A POSITA would have understood an ear terminal to be a “device.”
Polish 483. Accordingly, a POSITA would have understood Svean to disclose or

suggest an ear terminal (“[a] device”). Id. 84.
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b. [1.1]

Svean’s ‘“‘ear terminal” is consistent with how the ’643pat. describes an
“earpiece.” '643pat., 6:9-15; Polish Y985-86. Svean discloses that the ear terminal
includes an outer microphone M1 that picks up ambient sound. Svean, 5:40-42, 6:35-
44. Svean further explains that “signal[s] from the microphone M1” are amplified,
digitized, and fed to processing unit E3. /d., 6:33-37, FIG. 2.

Accordingly, a POSITA would have understood Svean to disclose or suggest
an outer microphone that picks up ambient sound (“a first ambient microphone™)
and outputs a signal corresponding to that ambient sound (“configured to generate a
first ambient signal”), where the outer microphone is included in the ear terminal
(“wherein the first ambient microphone is part of an earpiece”). Polish 487.

c. [1.2]

As discussed in §VIIL.A.1, per Beasley’s suggestion, it would have been
obvious to implement a second ambient microphone in Svean’s ear terminal.
Moreover, it would have been obvious to implement the second ambient microphone
to operate in the same manner as Svean’s outer microphone M1—that is, to pick up
ambient sound and output a corresponding signal. Polish qY88-89.

Accordingly, a POSITA would have understood the Svean-Beasley
combination to disclose or suggest a second ambient microphone (“a second ambient

microphone”) that outputs a signal corresponding to that ambient sound (“configured
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to generate a second ambient signal”’) wherein the second ambient microphone is
included in the ear terminal (“wherein the second ambient microphone is part of the
earpiece”). Id. §90.

d. [1.3]

Svean discloses that the ear terminal includes an inner microphone M2 that
picks up the sound in the meatus 3 between the isolating section 2 and the tympanum
4. Svean, 5:42-43, 6:39-44. This is consistent with how the ’643pat. describes an
“ear canal microphone.” '643pat., 6:16-20; Polish 991-92. Svean further explains
that “[a] signal 51 from microphone M2, ... is amplified ... sampled and digitized

. and fed to the processing unit E3.” Svean, 6:39-44. A POSITA would have
understood that, because Svean describes amplifying, digitizing, and processing
“signal 51 from microphone M2” and that microphone M2 picks up the sound
present in the meatus, just outside the eardrum, Svean’s microphone M2 captures
sound in the ear canal and is configured to generate an ear canal signal. Polish 993.

Accordingly, a POSITA would have understood the Svean-Beasley
combination to disclose or suggest an inner microphone that picks up sound present
in the meatus just outside the eardrum (“an ear canal microphone”) and generates a
signal corresponding to that sound (“configured to generate an ear canal signal”),
wherein the inner microphone is included in the ear terminal (“wherein the ear canal

microphone is part of the earpiece”™). Id. 94.
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e. [1.4]

Svean discloses that the ear terminal includes “a sound generator SG.” Svean,
5:30-31, 6:45-51. Accordingly, a POSITA would have understood the Svean-
Beasley combination to disclose or suggest an ear terminal (“an earpiece”) including
a sound generator or loudspeaker (“a speaker, wherein the speaker is part of the
earpiece”). Polish 995-97.

f. [1.5]

Svean discloses that the ear terminal includes a “sealing section 2” that is
attached to the main section 1 of the ear terminal and may be integral or
interchangeable. Svean, 4:29-33, 5:38-40. A POSITA would have understood that
Figure 1 of the *643pat. illustrates an eartip and that it is consistent with Svean’s

sealing section 2. Polish §998-99.
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Sealing section 2

Left: Svean FIG. 1 (excerpted and annotated); Right: '643pat., Fig.1 (annotated)
Accordingly, a POSITA would have understood the Svean-Beasley

combination to disclose or suggest an ear terminal (“an earpiece”) where the ear

26



IPR2024-01032
U.S. Patent No. 11,683,643

terminal includes a sealing section 2 (“an eartip”) that is configured to seal off the
inner portion of the meatus just outside the eardrum when the earplug is inserted into
the wearer’s ear (“configured to seal the earpiece between a first side and a second
side of the earpiece™). Id. 9100.
g. [1.6]-[1.7]
Svean discloses that the ear terminal includes an electronics unit 11 to which

the microphones are connected. Svean, Abstract, 5:57-61.
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Svean, F1Gs. 1, 2 (annotated)
The electronics unit includes a processing unit E3 such as a digital signal processor
and memory. /d., 6:33-58. Memories E8, E9, and E10 are used for storing, among
other things, “computer programs.” Id., 6:52-58. A POSITA would have understood
that computer programs are composed of software instructions. Polish §4101-103

(citing Computer Dictionary).
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As explained in §§VIII.A.1 and VIIL.A.2.c, a POSITA would have been
motivated to modify Svean’s earplug to include two ambient microphones. A
POSITA would have understood that in the Svean-Beasley combination, the second
ambient microphone would be operatively connected to the electronics unit. /d.
q1104.

Accordingly, a POSITA would have understood the Svean-Beasley
combination to disclose or suggest an ear terminal (“an earpiece”) including a
processing unit (“a processor, wherein the processor is part of the earpiece”) that is
operatively connected to two ambient microphones (“wherein the processor is
operatively connected to the first ambient microphone, wherein the processor is
operatively connected to the second ambient microphone™), connected to an inner
microphone (“wherein the processor is operatively connected to the ear canal
microphone”), connected to a sound generator (“wherein the processor is operatively
connected to the speaker’), and connected to memory that stores computer programs
executed by the processing unit (“wherein the processor is operatively connected to
the memory, wherein the processor is configured to execute the instructions to
perform operations™). Id. §105.

h. [1.8]-[1.10]
Svean explains that “[a] signal from the microphone M1 is amplified ... and

sampled and digitised ... and fed to a processing unit E3 that may be a digital signal
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processor (DSP), a microprocessor (LP) or a combination of both.” Id., 6:33-37, FIG.
2. Svean similarly explains that “signal 51 from microphone M2 ... is amplified ...
and sampled and digitised ... and fed to the processing unit E3.” Id., 6:37-42, 7:45-
49, FIG. 2.

As explained in §§VIII.A.1 and VIIL.LA.2.c, a POSITA would have been
motivated to modify Svean’s ear terminal to include two outer microphones. A
POSITA would have understood that in the Svean-Beasley combination, processing
unit E3 would receive a signal from both ambient microphones. Polish §4106-108.

Accordingly, a POSITA would have understood the Svean-Beasley
combination to disclose or suggest a processing unit executing instructions to receive
a signal from an outer microphone that picks up ambient sound (“receiving a first
microphone signal, wherein the first microphone signal is at least one of the first
ambient signal or a modified first ambient signal”); an inner microphone (“receiving
a second microphone signal, wherein the second microphone signal is at least one of
the ear canal signal or a modified ear canal signal”); and a second outer microphone
(“receiving a third microphone signal, wherein the third microphone signal is at least
one of the second ambient signal or a modified second ambient signal”). /d. §109.

i [1.11]
As discussed in §VIILLA.1, Svean discloses that its ear terminal can perform

“active noise cancelling,” and Andrea discloses an “anti-noise signal” that is
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generated by using the signals from microphone 60 and microphone 70.
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A POSITA would have understood that microphone 60 is analogous to
Svean’s outer microphone and that microphone 70 is analogous to Svean’s inner
microphone. Polish §4110-112. A POSITA would have understood that Andrea’s
“anti-noise signal” is a “background noise reduction signal” because it reduces
ambient noise. Andrea, 7:31-34; Polish 112 (citing Kuo, Abstract, Introduction). A
POSITA would have been motivated to combine Svean and Andrea for the reasons
discussed in §VIIL.A.1. Polish §113.

Accordingly, a POSITA would have understood the Svean-Beasley-Andrea
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combination to disclose or suggest a processing unit executing instructions to
generate an anti-noise signal (“a background noise reduction signal”) using a signal
from one of the two outer microphones (“a first microphone signal” and “a third
microphone signal,” respectively) and a signal from an inner microphone (“the
second microphone signal”) (“using either the first and second microphone signals
or the second and third microphone signals”). Id. §114.

jo [1.12]-[1.13]

As discussed in §VIIILA.1, Svean discloses that its ear terminal can perform
“active noise cancelling” and restore desired sounds for the user, including “external
sounds and signals from [a] communication system,” and a POSITA would have
been motivated to combine Beasley’s teachings related its audio bypass mode into
Svean to implement that feature. Polish q115.

Beasley discloses mixing the noise-cancellation signal with an audio signal
when the audio bypass mode is off. Beasley q[0006], [0050]-[0051]. A POSITA
would have understood that Beasley’s noise-cancellation signal 728 is analogous to
the Andrea “anti-noise” signal. Polish §116-117. As explained in §VIIL.A.2.1,

Andrea’s “anti-noise” signal is a “background noise reduction signal.”
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A POSITA would have recognized that Beasley’s audio signal is analogous to
Svean’s signal from a communication system. Polish §118. A POSITA would have
understood that Svean’s signal from a communication system is consistent with how
the *643pat. describes an “audio content signal.” '643pat., 7:55-65; Polish §118.

Beasley discloses that the functionality of its audio bypass feature may be
implemented with software. Beasley 9[0033], [0064]; Polish §119. A POSITA
would have understood that software is executed by a processor, and that Svean
discloses that its processor is capable of executing programs stored in memory.
Svean, 6:52-58, 7:3.

Thus, the Svean-Beasley-Andrea combination discloses or suggests Svean’s
processing unit mixing Andrea’s anti-noise signal (“background noise reduction

signal”) with Svean’s signal from a communication device (“audio content signal”)
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to implement noise cancellation while restoring desired sounds from the
communication system and the bypass mode is off. Polish 120.

As explained in §VIILLA.1, the Svean-Beasley combination discloses or
suggests variably amplifying the mixed signal before it is output from the speaker.
A POSITA would have understood that variably amplifying the mixed signal
modifies it. /d. §121.

Accordingly, a POSITA would have understood the Svean-Beasley-Andrea
combination to disclose or suggest a processing unit executing instructions to sum
(“mixing”) signals from a communication system (“an audio content signal”), and
an anti-noise signal (“the background noise reduction signal”) to produce a summed
signal (“generating a mixed signal”’) and amplifying the mixed signal before
outputting to the speaker (“sending a modified mixed signal to the speaker”). Id.
q122.

3. Claim 2

Svean discloses that its ear terminal can restore desired external sounds and
that doing so “may include amplification of chosen frequencies converted by said
the [sic] microphone (M1) and generating a corresponding acoustic signal through
said sound generator (SG).” Svean, 4:49-67. A POSITA would have understood that
“amplification of chosen frequencies” to comprise filtering the signal because that

is how certain frequencies are amplified relative to others. Polish §123-124. This is
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corroborated by Beasley, which discloses a similar functionality and expressly
discloses using a bandpass filter “to allow frequency components within the range
of human speech” to be passed through. Beasley 4[0052]. A POSITA would have
considered that Svean’s filtering process “generat[es] an ambient signal” from at
least one of the two ambient microphones in the Svean-Beasley-Andrea
combination. Polish 4124.

Accordingly, a POSITA would have understood the Svean-Beasley-Andrea
combination to disclose or suggest a processing unit executing instructions to filter
a signal from at least one of the two outer microphones (“generating an ambient
signal from at least one of the first ambient signal or the second ambient signal or a
combination of both™). Id. §125.

4. Claims 3-6

As explained in §VIIILA.1, a POSITA would have found it obvious to
implement Beasley’s teachings regarding audio bypass mode into Svean. Beasley
discloses that when audio bypass mode is initiated, the gain of variable gain
amplifier 924 is increased such that the background audio signal 726 is amplified
and readily heard by the user through speaker 332.” Beasley, §[0053]; Polish §126-
127.

As discussed in §VIIILA.3, Svean discloses amplifying certain frequencies of

the outer microphone signal, i.e., filtering the signal (“generating an ambient sound
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signal”). A POSITA would have understood that in the combination, Svean’s filtered
signal (“ambient sound signal”) from one of the outer microphones would be
variably amplified in the same manner as Beasley’s background audio signal 726
when audio bypass mode is initiated. Polish 9128. A POSITA would have
understood that amplifying Svean’s filtered outer microphone signal as taught by
Beasley modifies the signal. Id.

Thus, a POSITA would have understood that the Svean-Beasley-Andrea
combination discloses or suggests that when bypass mode is initiated, Svean’s
processing unit variably amplifies Svean’s filtered outer microphone signal before
mixing it with the anti-noise signal and audio signal (thereby generating a “modified
ambient sound signal”) and sending it to the speaker. Id. §129. Therefore, the Svean-
Beasley-Andrea combination discloses or suggests “generating a modified ambient
signal” including the steps of amplifying certain frequencies of the outer microphone
signal (i.e., filtering) an ambient signal, variably amplifying the signal per Beasley’s
audio bypass feature, and then mixing it with the anti-noise signal and
communication signal. /d.

A POSITA would have further understood that if Beasley’s variable gain
amplifier 924 did not amplify the signal, for example, while audio bypass mode was
off, then the “modified ambient signal” would just be the “ambient signal” itself. /d.

q130.
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Accordingly, with respect to claim 3, a POSITA would have understood the
Svean-Beasley-Andrea combination to disclose or suggest a processing unit
executing instructions to generate a filtered signal from one of Svean’s outer
microphones, variably amplify it, and then mix it before sending it to the speaker
(“sending a modified ambient signal to the speaker”). Id. 4131.

With respect to claims 5 and 6, a POSITA would have further understood the
Svean-Beasley-Andrea combination to disclose or suggest a processing unit
executing instructions to generate a filtered signal from one of Svean’s outer
microphones and variably amplifying it, which meets both “generating the modified
ambient signal by filtering an ambient signal, wherein the ambient signal is
generated from at least the first ambient sound signal or the second ambient sound
signal” (as required by claim 5) and “generating a modified ambient signal by
filtering the ambient signal and modifying an amplitude of at least one frequency of
the ambient signal” (as required by claim 6). Polish §132.

And with respect to claim 4, a POSITA would have further understood the
Svean-Beasley-Andrea combination to disclose or suggest a processing unit
executing instructions to generate a filtered signal from one of Svean’s outer
microphones and not amplifying it (e.g., when audio bypass mode is off) (“where

the modified ambient signal is the ambient signal.”) Id. 9133.
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5. Claim 7

As explained in §§VIIILA.1 and VIIL.A.2.j, the Svean-Beasley-Andrea
combination discloses or suggests modifying the mixed signal by variably
amplifying it prior to output from the speaker. A POSITA would have understood
that if the mixed signal was not amplified, then the mixed signal would not be
modified. Polish §9134-135. Accordingly, the Svean-Beasley-Andrea combination
discloses or suggests Svean’s processing unit executing instructions to not amplify
the mixed signal (“wherein the modified mixed signal is the mixed signal™). Id. §136.

6. Claim 8

As explained in §VIII.A.2.j, Beasley discloses when the audio bypass feature
is turned on, the background audio signal is amplified, and the noise-cancelling
signal and audio signal are attenuated, and then all three are mixed together. Polish
19137-138.

As discussed in §V.C, a POSITA would have understood this claim to require
generating the “mixed signal” and then mixing the “ambient sound signal” with “the
mixed signal.” The Svean-Beasley-Andrea combination, in further combination with
the knowledge of a POSITA, renders obvious this two-step mixing process. /d. 4139.

Beasley does not disclose how its summer 730 sums three signals, instead
illustrating a black box. A POSITA would have understood that first generating a

“mixed audio signal” by mixing a noise-cancellation signal and an audio signal and
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then mixing the resulting “mixed audio signal” with an “ambient sound signal”
would have amounted to choosing from a finite number of predictable solutions,
with a reasonable expectation of success. Polish 9140. In particular, a POSITA
would have recognized that when processors mix signals, they mix two signals at a
time. Id. §141. This is because processors have an arithmetic logic unit (ALU)—the
component of a processor that performs arithmetic operations such as addition—
which performs operations on two operands at a time. /d. (citing Lee, 1:12-20 (“In
general, single processor systems sequentially perform operations on two
operands.”); Muthusamy, 1:59-2:26).

Thus, a POSITA would have recognized that there are three possible
implementations of the summing unit in the Svean-Beasley-Andrea combination: (1)
mixing the anti-noise and audio signals followed by mixing the filtered ambient
signal, (2) mixing the filtered ambient signal and audio signal followed by mixing
the anti-noise signal, and (3) mixing the anti-noise and filtered ambient signal first,
followed by mixing the audio signal. /d. §142.

A POSITA would have recognized that each of these approaches is a design
choice with the same predictable result—i.e., a “modified audio signal” that includes
a mix of the anti-noise signal, filtered ambient signal, and the audio signal and
desirably provides ambient sound passthrough. /d. §143. Indeed, Beasley expressly

contemplates that “alternative configurations” may be used. Beasley 9[0064].
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Further, a POSITA would have had a reasonable expectation of success in mixing
the anti-noise signal with the audio signal and then mixing the resulting signal with
the filtered ambient signal because this would involve performing conventional
operations (amplifying and mixing signals) known to a POSITA. Polish §143.

At the very least, a POSITA would have recognized that Beasley does not
specify how to add the three signals, and adding the noise reduction signal and audio
signal first and then adding the ambient sound signal to the result was a known
technique applicable to the summation in Beasley, with predictable results. Polish
1144,

Accordingly, a POSITA would have understood the Svean-Beasley-Andrea
combination to disclose or suggest the processor of the ear terminal executing
instructions to mix the anti-noise signal and communications signal, then further
mixing in the filtered ambient signal (“generating the modified mixed signal by
mixing the mixed signal with an ambient signal, wherein the ambient signal is
generated from at least one of the first ambient signal, the second ambient signal or
a combination of both™). Id. §145.

Alternatively, to the extent PO argues that claim 8 does not require two-step
mixing as discussed in §V.C, the Svean-Beasley-Andrea combination renders this

limitation obvious because it discloses or suggests mixing all three signals together.

1d. q146.
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7. Claims 9-11

Beasley discloses when audio bypass mode is on, the gain of the audio signal
is reduced before being mixed, and the gain of the background audio signal is
increased before being mixed. Beasley §[0053]. When bypass mode is off, the gain
of the background audio signal is reduced. /d.

Beasley also discloses using “voice or speech recognition” to enter audio
bypass mode “in response to a command that is spoken by the user” or when the
device “senses that the user has spoken” using the headset’s microphone configured
to pick up background noise. Beasley, {[0035], [0037], [0040], [0060]-[0061].
Beasley further discloses implementing a “timeout feature” which “allow[s] the
device to automatically terminate the audio bypass mode upon the passage of a
specified amount of time.” Beasley 9[0062]. A POSITA would have considered it
obvious to implement the timeout feature such that the bypass mode would terminate
after a time without detecting the user’s speech. Polish 4149.

A POSITA would have been motivated to implement the foregoing
functionality in the Svean-Beasley-Andrea combination because a POSITA would
have understood that it would have provided control over the reproduction of both
sound captured by the outer microphones and signals from the communication
system. Polish 4150. Thus, a POSITA would have found it obvious to implement

Beasley’s voice or speech-activated bypass mode into Svean’s ear terminal because
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it amounted to the use of a known technique (using voice or speech recognition to
control bypass mode) to improve similar devices (the Svean-Beasley-Andrea noise-
cancelling ear terminal) in the same way (to provide voice or speech-based control
over when bypass mode is turned on or off). /d.

Accordingly, a POSITA would have understood the Svean-Beasley-Andrea
combination to disclose or suggest a processing unit executing instructions to
analyze the inner microphone signal and outer microphone signal to detect when the
user is speaking (“analyzing at least one of the ambient signal or the ear canal signal
or a combination of both, to detect a user’s voice”) and attenuating the audio signal
when the user’s voice is detected and bypass mode is entered (“reducing the audio
content signal prior to generating the mixed signal if the user’s voice is detected”),
and attenuating Svean’s filtered and amplified microphone signal before mixing it
after expiration of Beasley’s timeout feature and bypass mode is exited (“reducing
the ambient signal prior to generating the mixed signal if the user’s voice is not
detected.”). Id. q151.

B. Ground 1B: Svean, Beasley, Andrea, and Berg render obvious
claims 1-11

If PO argues, or the Board finds, that the Svean-Beasley-Andrea combination
does not itself render obvious implementing two ambient sound microphones in

Svean’s ear terminal, a POSITA nevertheless would have considered it obvious to
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do so. Polish §)152-157. By May 2007, it was common to implement earpieces
similar to Svean’s ear terminal with two ambient sound microphones so as to enable
beamforming or other directional processing. Id. §152 (citing Stirnemann §[0028];
Hamacher 4[0024]). Berg is exemplary of such devices. Berg is analogous to the
'643pat. because it is within the same field of endeavor of the '643pat. and/or
reasonably pertinent to one or more problems addressed by the '643pat. Id.

Berg relates to a hearing-protection system. Berg, Abstract. As shown in
Figure 1 below, Berg discloses an earpiece similar to Svean’s earpiece with two
ambient sound microphones. Berg discloses filtering ambient microphone signals
according to various modes depending on the level of ambient noise and the
detection of speech close to the user. /d. 4[0028]. The use of a second microphone
in the earpiece enables Berg’s judgement module to “assign angular directions to the
input audio signals by analyzing phases of the input audio signals, i.e. by
determining the phase difference of the input audio signal provided by the
microphone 18 and the input audio signal provided by the microphone 19.” Berg

1[0034].
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Svean is concerned with restoring speech in the environment for the user. See
Svean, 4:51-62; Polish q153-154. A POSITA would have recognized that
implementing Berg’s teachings related to adjusting the filtering of the ambient
microphone signals based on the detection of close speech would improve the
adaptability of the Svean- Beasley-Andrea combination. Id. §154.

A POSITA would have found it obvious to incorporate a second ambient
microphone in Svean’s ear terminal, as taught by Berg, because it amounted to the
use of known technique (implementing two ambient sound microphones in an
earpiece) to improve similar devices (Berg and Svean are both directed to hearing-
protection devices) in the same way (to enable adjusting audio output based on

directional processing). Id. §155.
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Accordingly, a POSITA would have understood that the Svean-Beasley-
Andrea-Berg combination discloses or suggests Svean’s ear terminal implemented
with a second ambient microphone (“a second ambient microphone configured to
generate a second ambient signal, wherein the second ambient microphone is part of
the earpiece.”). Id. §156. The Svean-Beasley-Andrea-Berg combination otherwise
renders the claims obvious for the same reasons discussed in §§VIII.A.2-VIIL.A.7.
1d. §157.

C. Ground 2: Asada and Usher render obvious claims 1-9
1. Overview of Asada-Usher

Asada and Usher are analogous to the '643pat. because they are within the
same field of endeavor of the '643pat. and/or reasonably pertinent to one or more
problems addressed by the '643pat. Polish 4158.

Asada explains that it is desirable for the user to be able to hear so-called
ambient sounds in addition to audio content while wearing a head-mounted acoustic
device. Asada 9[0039]. This is called the “hear-through state” or “hear-through
effect.” Id. §[0040]. Asada explains that hear-through is important for head-mounted
devices with “high hermeticity ... such as a so-called canal type earphone.” Id.
9[0042]. Thus, Asada discloses a technique for implementing the hear-through state

in an ear canal type earphone. /d. §[0044].
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Asada discloses several embodiments. This petition focuses on the Figure 10
embodiment. Asada does not repeat the entire description of each component that is
common to prior embodiments. See Asada Y[0083], [0099], [0105]-[0106], [0128]-
[0129]; Polish 4160. Thus, for example, this Petition cites some description of the
embodiments in Figures 7-9 for the purpose of explaining Asada’s disclosure
regarding those components in the Figure 10 embodiment. /d. 160.

In Figure 10, Asada discloses a head-mounted device that includes an external
microphone 513, and internal microphone 515, and a signal processing device 12.
Asada Y[0105]-[0119]. The signal processing device 12 may be implemented
within the head-mounted device. Id. §4[0099], [0105]-[0106], FIG. 8; Polish 4161.
The adding unit 123 of the signal processing device adds three signals together: a
“difference signal output from the HT filter 121,” a “sound input,” and a “noise

reduction signal output from the occlusion canceller 161.” Id. §[0096].
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“Difference signal.” The signal from the external microphone 513 is
amplified by microphone amplifier 111 and processed through decimation filter 113
and an HT filter 121, which generates the “difference signal.” Asada 9Y[0069]-
[0071], [0132]-[0133]. Asada explains that the “difference signal” is a signal that
when output in the user’s ear, simulates the “hear-through effect,” i.e., “the ambient

sound in a case in which the user directly hears it is simulated.” /d. §[0071]; Polish

1163.
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“Sound input” signal. Sound input is “audio content or a received signal in
a voice call” that is processed through EQ 131 which performs an equalizing process
and the interpolation filter 133 which performs up-sampling. Asada qq[0071],
[0136]; Polish §164.

“Noise reduction signal.” The signal from the internal microphone 515 is
first amplified by microphone amplifier 151. Asada §[0088]. Asada explains that the
signal from the internal microphone 515 includes three component sounds: (1) the
output from the speaker, (2) a component of the ambient sound that propagates into
the ear canal; and (3) a component of the user’s voice propagating into the ear canal.
Asada [0087]. The subtraction unit 191, together with the monitor canceller 181,
are “configured to suppress a component corresponding to the difference signal
among components” of the signal from the internal microphone. Id. §[0107]; Polish
q165.

The “subtracting unit 171 subtracts the sound input” from the output of the
subtracting unit 191. Id. §9[0090], [0116]-[0117]. Then the output of the subtracting
unit 191 is input into the occlusion canceller 161 which is “an acoustic signal in
which the component corresponding to a difference signal and the component
corresponding to the sound input ... are suppressed.” Id. [0117]. Then the occlusion

canceller 161 “generates the noise reduction signal.” Id. q[0118]; Polish §166.
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It was known that sealing earphones made it difficult to engage in
conversations with others. Polish §167-169 (citing Melanson, 1:28-35; DiCenso
[0005]). It was also known that it was advantageous to provide selective, controlled
pass-through of ambient sound, rather than providing pass-through of all sounds all
of the time. Id. 170 (citing Rast [0007]-[0009]; Kirsch qf[0001]-[0005]).

Usher is analogous to the '643pat., as it is within the same field of endeavor
and/or reasonably pertinent to one or more problems addressed by the ’643pat.
Polish q171. Usher discloses an earphone similar to Asada and discloses techniques
“for automatically detecting when an earphone user and a second nearby user are
engaged in a voice conversation, and activating a sound pass-through system such
that the nearby voice source is automatically heard by the user of the sound isolating
earphone.” Usher [0019]; Polish q171. Like Asada, Usher discloses an earphone
that fully occludes the ear canal and includes a processor and various microphones
for implementing an ambient sound pass-through feature. Usher 9[0019]-[0020].
Particularly relevant here, Usher discloses implementing two ambient microphones
in the earphone and using them to implement beamforming to, for example, permit
manual capture of a sound source. /d. 99[0020]-[0022], [0028], [0040], FIG. 1A;
Polish §9172-173. Beamforming was a known technique in devices like Asada and
Usher that enables a spatially selective pass-through. Polish 174 (citing Basu,

Abstract, Introduction, Section 2.2; DiCenso q[0032]; Kirsch 99[0017]-[0020]).
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With beamforming, the user could advantageously be provided an ambient sound
signal that allowed the user to hear a sound of interest (such as another person
speaking) while suppressing other background noise that was not of interest. /d.

Also relevant here, Usher discloses controlling ambient sound pass-through
based upon a detection of whether “an earphone user and a second nearby user are
engaged in a voice conversation.” Usher Y[0019], [0029]. If a user is listening to
music and the earpiece processor detects that the user is speaking, then the earphone
processor can selectively filter (amplify/attenuate) audio content and ambient sound,
where the gain of each signal is adjusted based on close voice activity detection. /d.
[0026]. In particular, Usher discloses a method in Figure 2B for controlling ambient
sound pass-through based on voice activity detection. /d. §4[0029]-[0033]. “If...user
voice activity is detected, the gain of the incoming audio signal is decreased ... and
the ambient sound pass-through gain is increased.” Id. §[0030]. If user voice activity
is not detected, then “the gain of the ambient sound pass-through gain is decreased
..., and the gain of the incoming audio signal is increased.” Id. §[0033].

A POSITA would have understood that Usher’s teachings would improve
Asada’s disclosure because it would allow a user of Asada’s device to receive
spatially selective and controlled ambient sound pass-through. Polish 9176. In
particular, a POSITA would have found it obvious to implement Usher’s teaching

related to having multiple ambient microphones for beamforming in Asada’s
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earphone because it amounted to the use of a known technique (Usher’s teachings
of multiple ambient microphones and beamforming) to improve similar devices
(Asada and Usher are similarly directed to ambient sound passthrough for occluding
earphones) in the same way (to provide Asada’s earphone with additional
microphones to implement beamforming). /d.

Similarly, a POSITA would have found it obvious to implement Usher’s
teaching related to controlling ambient pass-through based on voice activity
detection in Asada’s earphone because it amounted to the use of a known technique
(Usher’s teachings activating or deactivating passthrough based on voice activity
detection) to improve similar devices (Asada and Usher are similarly directed to
ambient sound passthrough for occluding earphones) in the same way (to provide
Asada’s earphone with controlled ambient sound passthrough). Id. 4177.

The Asada-Usher combination discloses or suggests Asada’s head-mounted
device (shown in Figure 10) including two or more external microphones akin to
Asada’s external microphone 513 and Asada’s signal processing device
implementing beamforming. The beamformed signal is processed for ambient pass
through and controlled based on voice activity detection. Id. §178. If voice activity
is detected per Usher’s teachings, Asada’s HT filter 121 amplifies the beamformed
signal, and if no voice activity is detected, the HT filter 121 does not amplify the

beamformed signal. The beamformed signal processed by HT filter 121 is added to
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the “sound input” and ‘“noise reduction signal” in accordance with Asada’s
teachings. The beamformed signal is also processed by the monitor canceller 181

and subtracted from the internal microphone signal by subtracting unit 191 per

Asada’s teachings. Id.
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2. Claim 1

a. [l.pre]
To the extent the preamble is limiting, Asada discloses a “head-mounted

device” implemented as an “ear canal-type earphone.” Asada q[0047], FIG. 3.
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Accordingly, a POSITA would have understood Asada to disclose or suggest a head-
mounted device implemented as an ear canal-type earphone (“[a] device”). Polish
q181.

b. [1.1]

Asada discloses that the head-mounted device includes an “external
microphone 513 that “directly collects a sound (a so-called ambient sound).” Asada
1900063], [0068]. Asada further discloses that “[t]he analog acoustic signal output
on the basis of the sound collection result of the external microphone 513 undergoes

gain adjustment performed by the microphone amplifier 111 and then converted into

a digital signal through the ADC 112.” Asada 4[0132], FIG. 10; Polish 182-183.

Head mounted
device 51a

FIG.10 : .
External Mic 513 _f1
R11~~ ;—-Rla - UL\ S _lJ
- i(AmI:;} - L 12
SRNL TE— SIGNAL PRCCESSING
MICF(.)F-)hOI’]e (RGP |1 RS
amplifier 111 v
ADG ~112
ADC 112 L~ (64Fs)

DECIMATION
l FILTER 13

| . 181

L= e (o T s | O ——————
CANCELLER o

(BFs) 121 |23

[ HTFLTER e

(3 s) “eern

INTERPOLATION|._ INTERPOLATION]._
FILTER I 133 FILTER 134

(1Fe)

(1Fs)
[ FOQ ]~ -131 ~-132
SOUND INPUT L

Asada F1G. 10 (annotated)

52



IPR2024-01032
U.S. Patent No. 11,683,643

Accordingly, a POSITA would have understood Asada to disclose or suggest
an earphone that includes an external microphone that collects ambient sound (“a
first ambient microphone ... wherein the first ambient microphone is part of an
earpiece”) and outputs a signal (“‘configured to generate a first ambient signal”).
Polish 9184.

c. [1.2]

As explained in §VIII.C.1, in the Asada-Usher combination, it would have
been obvious to a POSITA to incorporate two or more external microphones akin to
Asada’s external microphone 513 into Asada’s head-mounted device. Accordingly,
a POSITA would have understood the Asada-Usher combination to disclose or
suggest an earphone including a second external microphone (“a second ambient
microphone ... wherein the second ambient microphone is part of the earpiece”) that
outputs a signal (“configured to generate a second ambient signal”). Polish §185-
187.

d. [1.3]

Asada discloses that the head-mounted device includes an “internal
microphone 515 that “face[s] the direction of the external ear canal UA” so it is
“capable of collecting the sound propagating to the internal space.” Asada {[0085]-
[0086]. Asada further discloses that “the analog acoustic signal output on the basis

of the sound collection result of the internal microphone 515 undergoes gain
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adjustment performed by the microphone amplifier 151 and converted into a digital

signal through the ADC 152.” Id. §[0134]; Polish q9188-189.
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Accordingly, a POSITA would have understood the Asada-Usher
combination to disclose or suggest an earphone including an internal microphone
facing the ear canal and capable of collecting the sound propagating to the internal
space (“an ear canal microphone ... wherein the ear canal microphone is part of the
earpiece”) that outputs a signal (“configured to generate an ear canal signal). Polish
1190.

e. [1.4]

Asada discloses that the head-mounted device includes a speaker. Asada
[0067]; Polish Y191-192. Accordingly, a POSITA would have understood the
Asada-Usher combination to disclose or suggest an earphone including a speaker

(“a speaker, wherein the speaker is part of the earpiece”). Polish §193.

54



IPR2024-01032
U.S. Patent No. 11,683,643

f. [1.5]

Asada illustrates the earphone in Figure 3, which shows “an ear hole insertion
portion having a shape insertable into the ear hole of the user.” 4sada [0065]. Asada
further discloses that the earphone has a “high hermeticity (in other words, a high
shielding property against the external environment).” Asada 99[0042], [0043]-

[0044], [0080]-[0081]; Polish 9194-195.
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A POSITA would have understood that for the earphone to have high
hermeticity and shielding from the external environment, the ear hole insertion
portion seals the ear canal. Polish 9196. This is consistent with how a POSITA would
have understood this feature in the context of the '643pat. Id.; 643pat., 6:16-36.

Accordingly, a POSITA would have understood the Asada-Usher
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combination to disclose or suggest a head-mounted device implemented as an
earphone with an ear hole insertion portion that has high hermeticity (“an eartip,
configured to seal the earpiece between a first side and a second side of the
earpiece”). Id. 197.

g. [1.6]-[1.7]

Asada discloses a signal processing device housed within the head-mounted
device. Asada §[0099], FIG. 8; Polish Y160-161, 199. Asada further discloses that
the signal processing device includes a processor and memory and implements the
components of the signal processing device. Asada 9Y[0196]-[0197]. More
specifically, Asada states that “[t]he components of the signal processing devices 11
to 14 (particularly, the HT filter 121, the occlusion canceller 161, the monitor
canceller 181, or the like) may be implemented by the processor 901.” Id. q[0197].
A POSITA would have understood that “or the like” includes the other components
of the signal processing device, such as the adding units and the
decimation/interpolation filters, which are also implemented after the ADC step in
the digital domain. Polish 9199. Thus, Asada’s broad assertion that “[t]he
components of the signal processing devices 11 to 14 ... may be implemented by the
processor’” encompasses, or at a minimum renders obvious, such an implementation.
Asada Y[0008] (explaining “processor” “add[s] the difference signal and the noise

reduction signal to the input acoustic signal”); Polish 9199.
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The memory “stores programs and data executed by the processor 901.”
Asada q9[0198], [0207]. A POSITA would have understood that programs comprise
software instructions to be executed by a processor. Polish §200 (citing Computer
Dictionary).

With reference to Figure 16—an exemplary hardware configuration for the
signal processing device 12 in Figure 10—a bus 917 connects the processor to the
memory, a “sound collecting device 913,” which may be implemented as the
external microphone and internal microphone, and an “acoustic device 911,” which
may be implemented as a speaker. Asada Y[0195]-[0196], [0202]-[0203], [0206].
As explained in §VIII.C.1, the Asada-Usher combination includes a second external
microphone. Thus, a POSITA would have understood the Asada-Usher combination

to disclose or suggest the processor connected via a bus to the second external

microphone. Polish §201.
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Accordingly, a POSITA would have understood the Asada-Usher
combination to disclose or suggest an earphone including a signal processing circuit
with a processor and memory that stores programs to be executed by the processor
to perform functions of the signal processing device (“a memory that stores
instructions; and a processor, ... wherein the processor is configured to execute the
instructions to perform operations’) and where the processor is connected by a bus
to memory, two external microphones, an internal microphone, and a speaker
(“wherein the processor is operatively connected to the first ambient microphone,

wherein the processor is operatively connected to the second ambient microphone,
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wherein the processor is operatively connected to the ear canal microphone, wherein
the processor is operatively connected to the speaker, wherein the processor is
operatively connected to the memory”). Polish 9202.

h. [1.8]-[1.10]

As explained in §VIII.C.1, the Asada-Usher combination includes first and
second external microphones that output a signal (“first ambient signal” and “second
ambient signal,” respectively). As explained in §VIII.C.2.d, the Asada-Usher
combination includes an internal microphone that outputs a signal (“ear canal
signal”).

Asada discloses or suggests implementing the components of the signal
processing device with the processor. Asada [0197]. Asada discloses performing
various signal processing steps on the signals from the external and internal
microphones. See generally Asada q[0105]-[0119]. A POSITA would have
understood that for the processor to implement the components of the signal
processing device to perform various signal processing functions, the processor
would receive the signals output from the microphones. Polish 9205.

Accordingly, a POSITA would have understood the Asada-Usher
combination to disclose or suggest the processor of the earphone executing
instructions to receive the signal output by the first external microphone (“receiving

a first microphone signal, wherein the first microphone signal is at least one of the
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first ambient signal or a modified first ambient signal”), receive the signal output by
the internal microphone (“receiving a second microphone signal, wherein the second
microphone signal is at least one of the ear canal signal or a modified ear canal
signal”), and receive the signal output by the second external microphone
(“receiving a third microphone signal, wherein the third microphone signal is at least
one of the second ambient signal or a modified second ambient signal”). Id. §206.

i. [1.11]

Asada discloses that the signal processing circuit includes an “occlusion
canceller 161” that “generates [a] noise reduction signal on the basis of the acoustic
signal output from the subtracting unit 171.” Asada §[0093]. A POSITA would have
understood that, in the Asada-Usher combination, the “noise reduction signal” is a
“background noise reduction signal.” Polish 49207-208.

As context, Asada explains that the signal output by the internal microphone
includes three components: (1) “a component of the sound output from the speaker,”
(2) “a component of the ambient sound propagating to the internal space via the
mounting unit 510 (i.e., the ambient sound propagating into the user’s external ear
canal), and (3) “a component of a voice of the user propagating to the external ear
canal UA.” Asada §[0087]; Polish 9209. A signal from the external microphone 513
is processed by the monitor canceller 181, which outputs a “difference signal”

similar to the HT filter 121. Asada §4[0107]-[0116]. Then, “[t]he subtracting unit
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191 subtracts the difference signal output from the monitor canceller 181 and “the

subtracting unit 171 subtracts the sound input component. Asada [0116].
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The signal that is output from the subtracting unit 171 that is input to the
occlusion canceller 161 is “an acoustic signal in which the component corresponding
to a difference signal and the component corresponding to the sound input among
the components of the acoustic signal collected by the internal microphone 515 are
suppressed.” Id. q[0117]. Thus, Asada discloses that the occlusion canceller
generates a “noise reduction signal” based on an acoustic signal in which the
“difference signal” corresponding to the ambient sound has been suppressed and in

which the speaker output has been suppressed. Polish §210.
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As explained in §VII.C.1, the Asada-Usher combination discloses or
suggests beamforming using the signals output from the two external microphones.
In the combination, the beamformed signal is processed by the monitor canceller
181 and the beamformed “difference signal” subtracted from the internal signal by
subtracting unit 191. Polish 4211. A POSITA would have understood that the
content of the beamformed difference signal does not include “the ambient sound
propagating to the internal space,” which is a component of the internal microphone
signal, as explained above. Thus, a POSITA would have understood that in the
Asada-Usher combination, subtracting unit 191 does not suppress the ambient sound
propagating into the internal space. Id. 9212. In other words, the output of the
subtracting unit 191 includes a component of the ambient sound that leaked into the
user’s ear canal because the subtracting unit 191 is only suppressing the component
of the internal microphone signal that corresponds to the beamformed difference
signal. Id. Thus, the input to the occlusion canceller includes a component of the
ambient sound that propagated into the external ear canal.

A POSITA would have understood that the ambient sound that propagated
into the ear canal is “background noise” in the context of the '643pat. See '643pat.,
2:11-13, 3:17-35, 8:61-67, 13:55-14:11; 9:18-27; Polish 4213. Further, a POSITA
would have understood that the signal input to the occlusion canceller would include

a component of background noise, and the noise reduction signal output by the
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occlusion canceller would have the effect of suppressing that residual background
noise when output from the speaker, i.e., it would be a “background noise reduction

signal.” Id. 4213.
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A POSITA would have understood that the Asada-Usher “background noise
reduction signal” is generated using both of the external microphones and the
internal microphone (“generating a background noise reduction signal using either
the first and second microphone signals or the second and third microphone
signals”) because the signal input to the occlusion canceller is generated by using
the signal output by the internal microphone (“second microphone signal”) and

subtracting the beamformed difference signal that was generated from the two
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external microphones (“the first microphone signal” and the “second microphone
signal”). Polish 9213.

Accordingly, the Asada-Usher combination discloses or suggests the
processor of the earphone executing instructions to generate a noise reduction signal
(“generating a background noise reduction signal") based on a signal collected by
the internal microphone including residual ambient noise (“using either the first and
second microphone signals or the second and third microphone signals”). Id. 4214.

jo [1.12]

Asada discloses that the signal processing device includes an “adding unit
123" that adds the difference signal output from the HT filter 121 and the noise
reduction signal output from the occlusion canceller 161 to the sound input. Asada
[0096]. Asada further discloses that the output of the adding unit 123 is “the
addition result of the sound input, the difference signal, and the noise reduction
signal.” Id. §[0097].

Asada discloses that the “sound input” corresponds to “audio content or a
received signal in a voice call.” Asada Y[0073].

A POSITA would have understood that in the Asada-Usher combination, the
adding unit 123 adds the background noise reduction signal (§VIII.C.2.1) to the

sound input, as shown in the figure below. Polish 4219.
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A POSITA would have understood that 4sada’s adding unit 123 mixes the
noise-reduction signal output from the occlusion canceller and the sound input signal
because mixing audio signals is accomplished by adding. Polish 9220 (citing
Boersma q[0062]).

Accordingly, a POSITA would have understood the Asada-Usher
combination to disclose or suggest the processor of the earphone executing

instructions to add a background noise reduction signal to the sound input (“mixing
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an audio content signal and the background noise reduction signal generating a
mixed signal”). /d. §221.
k. [1.13]

Asada discloses that “the addition result of the adding unit 123 is up-sampled
to a digital signal of 64 Fs by the interpolation filter 143, converted into an analog
acoustic signal by the DAC 142, and input to the power amplifier 141,” and then
“the analog acoustic signal undergoes gain adjustment performed by the power
amplifier 141 and then input to the driver 511.” Asada Y[0138]. And then the “driver

511 drives the speaker on the basis of the inputted analog acoustic signal.” Id.
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As explained in §VIII.C.2.j, the acoustic signal output from the adding unit
123 includes the “mixed signal.” Thus, a POSITA would have understood Asada to
disclose or suggest that the mixed signal is up-sampled by the interpolation filter 143
included in the signal processing device before it is output to the speaker. Polish
224. A POSITA would have understood that up-sampling the signal modifies it
because up-sampling increases the bit-rate of the signal. /d.

Accordingly, a POSITA would have understood the Asada-Usher
combination to disclose or suggest the processor of the earphone executing
instructions to up-sample the signal output from the adding unit (“sending a modified
mixed signal to the speaker”). Id. 4225.

3. Claim 2

As explained in § VIII.C.2.c, the Asada-Usher combination comprises a head-
mounted device including two or more external microphones akin to Asada’s
external microphone 513 to implement beamforming. The beamformed signal output
from the Asada-Usher beamformer is consistent with how a POSITA would have
understood an “ambient sound signal” in the context of the '643pat. because it is a
signal that represents ambient sound. Polish 9227. A POSITA would have
understood that beamforming involves combining microphone signals. /d. (citing

Woodruff 94[0024]). Therefore, a POSITA would have understood that the
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beamformed signal was generated “from at least one of the first ambient signal or
the second ambient signal or a combination of both.” Id.

Accordingly, a POSITA would have understood the Asada-Usher
combination to disclose or suggest the processor of the earphone executing
instructions to beamform the signals from the first and second external microphones
(“generating an ambient signal from at least one of the first ambient signal or the
second ambient signal or a combination of both”). /d. §228.

4. Claim 3

As explained in §VIII.C.3, the Asada-Usher combination discloses or
suggests implementing beamforming in Asada’s head-mounted device (“generating
an ambient signal”). A POSITA would have further understood that the combination
discloses or suggests filtering the beamformed signal through Asada’s HT filter 121.

Polish 9230.
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A POSITA would have understood that, in the combination, HT filter 121
retains its function of filtering the input signal. Polish §231. In particular, Asada
discloses that the HT filter may adjust the gain of the input signal to be higher or
lower than if the user was not wearing the head-mounted device, so that the device
can “control the volume of the ambient sound heard by the user U in accordance
with an input state of the sound input or a type of sound input.” Asada §[0078];
Polish 9231. Thus, a POSITA would have understood the Asada-Usher combination

to disclose or suggest amplifying or attenuating the beamformed input signal, in part
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to account for input state or type of sound of the sound input signal (e.g., the volume
of the sound input). Polish §231.

As discussed in §VIII.C.2j, the adding unit 123 adds the sound input,
background noise reduction signal, and output of the HT filter, and the combined
signal is then amplified and sent to the speaker. As explained in §VIII.C.2.g, Asada
discloses that the processor implements the functions of the signal processing circuit.

Accordingly, a POSITA would have understood the Asada-Usher
combination to disclose or suggest the processor in the earphone executing
instructions to filter the beamformed ambient signal through an HT filter which is
ultimately sent to the speaker (“sending a modified ambient signal to the speaker™).
1d. 9233.

5. Claim 4

As discussed in §VIII.C.1, the Asada-Usher combination discloses or
suggests that if voice activity is detected per Usher’s teachings, Asada’s HT filter
121 amplifies the beamformed signal, and if no voice activity is detected, the HT
filter 121 does not amplify the beamformed signal. A POSITA would have
understood that when the HT filter does not filter (e.g., amplify or attenuate) the
beamformed input signal, then the output of the HT filter would just be the

beamformed signal (“ambient signal’). Polish §235.
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Accordingly, a POSITA would have understood the Asada-Usher
combination to disclose or suggest the processor of the head-mounted device not
filtering the beamformed input signal (“where the modified ambient signal is the
ambient signal”). Id. 4236.

6. Claim 5

As explained in §VII.C.3, the Asada-Usher combination discloses or
suggests implementing beamforming in Asada’s head-mounted device (“generating
an ambient signal from at least one of the first ambient signal or the second ambient
signal or a combination of both”). As explained in §VIII.C.4, the Asada-Usher
combination discloses or suggests filtering the beamformed signal with an HT filter,
which generates a “modified ambient signal.” Thus, a POSITA would have
understood the Asada-Usher combination to disclose or suggest “generating the
modified ambient signal by filtering an ambient signal.” Polish §238.

As explained in §VIII.C.3, the beamformed signal is generated from at least
one of the first ambient sound signal or the second ambient sound signal. /d. §239.

Accordingly, a POSITA would have understood the Asada-Usher
combination to disclose or suggest the processor of the head-mounted device passing
the beamformed input signal through an HT filter (“generating the modified ambient
signal by filtering an ambient signal, wherein the ambient signal is generated from

at least the first ambient sound signal or the second ambient sound signal.”). Id. 4240.
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7. Claim 6

As explained in §VIII.C.4, the Asada-Usher combination discloses or
suggests filtering the beamformed signal with an HT filter, including by amplifying
or attenuating the signal, which generates a “modified ambient signal.” A POSITA
would have understood that amplifying or attenuating the beamformed signal would
modify an amplitude of at least one frequency of the signal because amplifying a
signal raises the amplitude of at least one frequency component of the signal and
attenuating a signal decreases the amplitude of at least one frequency component of
the signal. Polish 4242.

Accordingly, a POSITA would have understood the Asada-Usher
combination to disclose or suggest the earphone processor executing instructions to
pass the beamformed signal through an HT filter which may amplify the signal
(“generating a modified ambient signal by filtering the ambient signal and modifying
an amplitude of at least one frequency of the ambient signal”). Id. 4243.

8. Claim 7

As explained in §VIII.C.2.k, the Asada-Usher combination discloses or
suggests an interpolation filter that up-samples the signal output from the adding
unit 123 prior to output from the speaker (“sending a modified mixed signal to the
speaker”). Asada further discloses that there are circumstances in which the head-

mounted device may not reduce the sampling rate of the microphone signals based
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on a calculation of the efficiency gains to be obtained by down-sampling. 4Asada
q[0148]. A POSITA would have understood that if the signals were not down-
sampled, then they would not need to be up-sampled. Polish 9245. Thus, a POSITA
would have understood Asada to disclose or suggest certain conditions under which
the interpolation filter would not need to up-sample the signal. Id.

Accordingly, a POSITA would have understood the Asada-Usher
combination to disclose or suggest the earphone processor executing instructions to
not up-sample the gain of the signal output from the adding unit (“wherein the
modified mixed signal is the mixed signal”). Id. 9246.

9. Claim 8

As explained in §VIII.C.2.j, 4sada discloses the signal processing device
includes “adding unit 123” that adds the difference signal output from the HT filter
121 and the noise reduction signal output from the occlusion canceller 161 to the
sound input. 4sada §[0096]; Polish §248.

As explained in §VIII.C.4, a POSITA would have understood the Asada-
Usher combination discloses or suggests a beamformed signal is processed by HT
filter 121 and output as a beamformed “difference signal.” Polish 4249. Therefore,
the Asada-Usher combination discloses or suggests adding unit 123 adding a

beamformed difference signal to the noise reduction signal and sound input (the
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“mixed signal”) and amplifying the resulting signal by power amplifier 141 (the
“modified mixed signal”). Id.

As discussed in §V.C, a POSITA would have understood this claim to require
generating the “mixed signal” and then mixing the “ambient sound signal” with “the
mixed signal.” Id. 4250.

As discussed in §VIILLA.6 with respect to the Svean-Beasley-Andrea
combination, there are three potential implementations for mixing three signals
together. For the same reasons discussed there, it would have been obvious to mix
the noise-reduction signal with the sound input (to generate the “mixed audio
signal”) and then mix the resulting signal with the beamformed difference signal
(“ambient sound signal”) to generate the “modified mixed signal.” Id. §251.

At the very least, a POSITA would have recognized this approach to be a
known technique applicable to the summation in 4sada, with predictable results. /d.
91252.

Accordingly, a POSITA would have understood the Asada-Usher
combination to disclose or suggest the earphone processor executing instructions to
mix the noise reduction signal with the sound input signal, then further mixing in the
beamformed difference signal (“generating the modified mixed signal by mixing the

mixed signal with an ambient signal, wherein the ambient signal is generated from
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at least one of the first ambient signal, the second ambient signal or a combination
of both”). Id. 4253.

Alternatively, to the extent PO argues claim 8 does not require two-step
mixing as discussed in §V.C, the Asada-Usher combination renders this limitation
obvious because it discloses or suggests mixing all three signals together. /d. §254.

10. Claim9

Asada discloses an embodiment in Figures 13-15 in which the signal captured
by Asada’s internal microphone is processed and output to analyzing unit 61
including voice-recognizing unit 611 and natural language processing unit 613.
Asada Y[0180]-[0182], FIGs. 13-15. A POSITA would have recognized that the
embodiment in Figures 13-15 builds on the embodiment in Figure 10 because the
circuit of signal processing device 14a/14b is the same as the signal processing
device 12 in Figure 10 except for additional components related to voice detection,

and the omission of the ADC/DAC and interpolation filters. Polish §256.
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After the signal is processed by the voice-recognizing unit and natural
language processing unit, control unit 63 obtains the result and instructs a processing
execution unit to execute a specified function, such as reproducing audio content.
See Asada 9[00187]-[00191]; Polish §257. A POSITA would have understood
Asada’s voice-recognizing unit detects the user’s voice. Id. A POSITA would have
considered it obvious to implement these functional units with the earphone
processor in view of Usher. 1d.

Usher discloses an earphone including a processor detecting a user’s voice
based on an analysis of signals from an ambient microphone. Usher §[0030]; Polish
9258. Usher’s voice detection has similar functionality to Asada’s analyzing unit.
Polish 4258. A POSITA would have been motivated to further modify the Asada-
Usher combination to implement Asada’s analyzing unit in the processor of Asada’s
earphone and would have had a reasonable expectation of success in doing so. /d.
Although Asada does not disclose that voice recognition based on the internal
microphone signal is implemented by the processor of the head-mounted device,
Asada does not preclude doing so, and Asada explains that the configuration of
functional components shown in Figure 15 is just an example. Asada [0193].

Moreover, a POSITA would have understood there were benefits to
implementing voice recognition functionality in the earphone, such as reduced

latency because the signals do not need to be transmitted to an external device before
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processing, and a more compact device because the functionality would be in a
single processor instead of multiple components. Polish 4259. Thus, a POSITA
would have found it obvious to modify the Asada-Usher combination to implement
Usher’s teaching in the processor in Asada’s earphone because it amounted to the
use of a known technique (Usher’s earphone processor detecting the user’s voice) to
improve a similar device (the Asada-Usher head-mounted device) in the same way
(to implement a head-mounted device capable of performing voice recognition). /d.

Accordingly, the Asada-Usher combination discloses or suggests the
earphone processor executing instructions to process and analyze the internal
microphone signal with an analyzing unit including voice recognition (“analyzing at
least one of the ambient signal or the ear canal signal or a combination of both, to
detect a user’s voice”). Id. 4260.

11. Claims 10 and 11

As discussed in §VIIL.C.1, the Asada-Usher combination discloses or
suggests that if voice activity is detected per Usher’s teachings, Asada’s HT filter
121 amplifies the beamformed signal, and if no voice activity is detected, the HT

filter 121 does not amplify the beamformed signal. Polish §262.
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Usher discloses the respective gain adjustments are made before the signals being

mixed. /d. §[0025], FIG. 1B; Polish §263.
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Accordingly, the Asada-Usher combination discloses or suggests the

earphone processor executing instructions to reduce the gain of the incoming sound

input signal if the user’s voice is detected (“reducing the audio content signal prior

to generating the mixed signal if the user’s voice is detected”) and reduce the gain

of the beamformed difference signal if the user’s voice is not detected (“reducing

the ambient signal prior to generating the mixed signal if the user’s voice is not

detected”). Polish 9264.
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IX. SECONDARY CONSIDERATIONS

There is no evidence in the ’643pat.’s prosecution history or elsewhere
supporting any secondary considerations arguments, or evidence of nexus of such
alleged evidence to the Challenged Claims. See generally EX1004; Polish 4265. To
the extent PO asserts the existence of any secondary considerations in its responses,
Petitioners reserve the right to address any such evidence.

X. THE DISCRETIONARY FACTORS FAVOR INSTITUTING TRIAL
A.  35US.C. §314(a)

In June 2022, the USPTO issued updated discretionary denial guidance in
view of the Fintiv factors and expressly noted that the PTAB will not discretionarily
deny institution when, as here, Samsung presents a Sotera stipulation. (EX1014).
Moreover, no schedule has been set in the Harman litigation, and the median time to
trial in Delaware is three years, which would set the Harman trial in about July 2026,
seven months after an expected FWD. (EX1039). Thus, the Board should not
exercise its §314(a) discretion.

B. 35U.S.C. §325(d)

The Board should not exercise its discretion under §325(d) to deny institution
of this petition. Berg and Asada were not before the examiner during prosecution.
Svean, Andrea, Beasley, and Usher were submitted in an IDS, as were hundreds of

other prior art references. EX1004, 235-237, 1192. There is no evidence that the
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Office considered the combinations in the Grounds presented in this Petition. As
discussed in §1V.B, the Office rejected the claims based on a different combination
of Hietanen and Pedersen, in further view of Travers or Chen. Moreover, Petitioners
submit that the Svean-based combinations in this petition are non-cumulative of the
Hietanen-based rejections because Svean expressly contemplates implementing both
active noise reduction and the restoration of desired sounds, as discussed in
§VIIL.A.1, and therefore the arguments that PO made during prosecution regarding
Hietanen do not apply to Svean. Accordingly, the Board should not exercise its
discretion under part one of the Advanced Bionics test. See Advanced Bionics, LLC
v. MED-EL Elektromedizinische Gerate GmbH, IPR2019- 01469, Paper 6, at 9-11
(PTAB Feb. 13, 2020) (precedential).

Even if the Board finds part one is met, the Board should find under part two
of Advanced Bionics that this Petition demonstrates that the Office committed
material error.

During prosecution, the Office overlooked the key disclosures of Svean,
Andrea, and Beasley relied upon in this Petition; namely, that Svean expressly
contemplates implementing both active noise reduction and the restoration of desired
sounds, that Andrea discloses an earpiece and generating an anti-noise signal using
both an inner and outer microphone, and that Beasley discloses background audio

bypass feature for noise-cancelling headsets. See §VIILLA.1.
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Moreover, the expert evidence in this Petition shows how the references
disclose or render obvious every limitation of the challenged claims and the reasons
POSITAs would have made the combinations. Thus, Petitioners’ challenges are
based on additional evidence and arguments that the Office did not consider, which
weighs against exercising discretion under §325(d). See Mylan Pharms. Inc. v.
Merck Sharp & Dohme Corp., IPR2020-00040, Paper 21 at 20 (PTAB May 12,
2020) (new expert testimony weighs against exercising discretion under §325(d)).

XI. MANDATORY NOTICES UNDER 37 C.F.R. §42.8
A. Real Parties-in-Interest

Petitioners identify themselves as the real parties-in-interest.

1. Related Matters

To the best of Petitioners’ knowledge, the ’643pat. has only been involved in
the following district court litigations:
e Staton Techiya, LLC v. Samsung Electronics Co., Ltd. et al., 2:23-cv-00319-
JRG-RSP (E.D. Tex.), filed July 10, 2023.
e Staton Techiya, LLC v. Harman International Industries, Incorporated et al.,
1:23-cv-00802-JCG (D. Del.), filed July 25, 2023.
Attached to this petition as EXI1010 is a chart identifying all

patents/applications that are in the same family as the *643pat.
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B. Lead and Backup Counsel
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Lead Counsel

Backup Counsel

Ali R. Sharifahmadian (Reg. No. 48,202)

ali.sharifahmadian@arnoldporter.com

Arnold & Porter Kaye Scholer LLP
601 Massachusetts Ave., NW
Washington, DC 20001-3743

Tel: 202-942-5000

Fax: 202-942-5999

Jeffrey A. Miller (Reg. No. 35,287)
jmillerptab@apks.com

Arnold & Porter Kaye Scholer LLP
5 Palo Alto Square, Suite 500

3000 El Camino Real

Palo Alto, CA 94306

Tel: 650-319-4500

Fax: 650-319-4700

Patrick Reidy (Reg. No. 72,148)
patrick.reidy(@arnoldporter.com

Arnold & Porter Kaye Scholer LLP
70 West Madison Street

Suite 4200

Chicago, IL 60602-4231

Tel: 312-583-2300

Fax: 312-583-2360

James L. Davis, Jr. (Reg. No. 57,325)
ROPES & GRAY LLP

1900 University Avenue, 6th Floor
East Palo Alto, CA 94303-2284
Phone: 650-617-4000

Fax: 617-235-9492

Alexander E. Middleton (Reg. No.
75,285)

ROPES & GRAY LLP

1211 Avenue of the Americas
New York, NY 10036

Phone: 212-596-9000

Fax: 617-235-9492
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C. Service Information

Please address all correspondence to lead and back-up counsel at the addresses
shown above. Petitioners consent to electronic service by email at the following
addresses:

ali.sharifahmadain@arnoldporter.com
jmillerptab@apks.com
patrick.reidy@arnoldporter.com
xSamsungTechiyal PRAP@arnoldporter.com

james.l.davis@ropesgray.com
alexander.middleton@ropesgray.com
Harman-StatonTechiya-IPR-RopesService@ropesgray.com

D. Power of Attorney

Powers of attorney are filed herewith according to 37 C.F.R. §42.10(b).
XII. FEES

Petitioners concurrently electronically submit the required fees for this
Petition. The Board is authorized to charge Arnold & Porter Kaye Scholer LLP’s

deposit account, No. 50-2387, for any fee deficiency.

Date: June 26, 2024 Respectfully submitted,

/Al R. Sharifahmadian/
Ali R. Sharifahmadian (Reg. No. 48,202)
Counsel for Petitioners
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CERTIFICATE OF COMPLIANCE
The undersigned hereby certifies that the foregoing Petition for Inter Partes
Review contains 13,933 words, excluding those portions identified in 37 C.F.R.

§42.24(a), as measured by the word-processing system used to prepare this paper.

/Al R. Sharifahmadian/
Ali R. Sharifahmadian (Reg. No. 48,202)
Lead Counsel
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CERTIFICATE OF SERVICE
I certify that on June 26, 2024, 1 caused a true and correct copy of the
foregoing Petition for Inter Partes Review of U.S. Patent No. 11,683,643 and
supporting exhibits to be served via overnight delivery on the Patent Owner at the
following correspondence address of record as listed on Patent Center:

Peter Chiabotti
Akerman LLP
777 South Flagler Drive
Suite 1100 West Tower
West Palm Beach, FL 33401

A courtesy copy was also sent via electronic mail to Patent Owner’s litigation
counsel listed below:

Earl Leroy Yeakel, III (lyeakel@kslaw.com)
James Patrick Brogan (jbrogan@kslaw.com)
Ojeiku Aisiku (oaisiku@kslaw.com)

Roy Falik (rfalik@kslaw.com)
McGregor W. Scott (mscott@kslaw.com)
Thomas J. Friel, Jr. (tfriel@kslaw.com)
Steven J. Balick (sbalick@ashbygeddes.com)
Andrew Colin Mayo (amayo@ashbygeddes.com)

/Ali R. Sharifahmadian/
Ali R. Sharifahmadian (Reg. No. 48,202)
Lead Counsel
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