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1. [1pre] A condition notification method for

notifying a used condition of a simplex
communication apparatus by using a light-
emitting device attached to the simplex
communication apparatus, the method

COMPTISING: .vveeenerieeeiieeeeeireeeireeeesreeeeereeesseseeesseeeans 9

il. [1a] a communication-mode determination
step of determining whether a
communication mode of the simplex
communication apparatus is a transmission
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iii.  [1b] a sound pick-up state determination
step of determining a sound pick-up state of
a sound carried by a speech signal to be
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transmitted if the communication mode is
the transmission MOde;.......ccoeeevenneeinneinnniennnnns 12

[1c] a control step of controlling the light-

emitting device so that the light-emitting

device is turned off, turned on or repeatedly

turned on and off based on determination

results of the communication-mode

determination step and the sound pick-up

state determination Step;.......ccccveerveerveerveenveennnn. 14

[1d] a speech-quality evaluation step of
evaluating speech quality of the speech
signal to be transmitted, .........ccccecvreriieiieennneenen. 17

[ 1e] wherein, in the sound pick-up state
determination step, the sound pick-up state

of the sound carried by the speech signal to

be transmitted is determined if the

communication mode is the transmission

mode based on the speech quality of the

speech sinal evaluated by the speech-quality
evaluation step; and........ccceceeveeeevieeneeeieeeee, 20

[le.i] a speech-segment determination step

of determining whether or not the speech

signal to be transmitted is a speech segment

if the communication mode is the

tranSMISSI0N MOAE, ....vvveeeeeees 21

[ 1] wherein, in the sound pick-up state
determination step, the sound pick-up state

of the sound carried by the speech signal to

be transmitted, if the communication mode

1s the transmission mode, is determined

based on a determination result of the
speech-segment determination step and an
evaluation result of the speech-quality

evaluation SteP........cevveerieeriieiieeieere e 24
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Claim 2: The condition notification method according to

claim 1, wherein, in the control step, the light-emitting

device is turned on if the communication mode is the
transmission mode, whereas the light-emitting device is
repeatedly turned on and off baed on the sound pick-up

state determined in the sound pick-up state determination

step if the communication mode is the transmission

INOAEC. ittt st sttt 25

Claim 3: The condition notification method according to
claim 1, wherein, in the speech-quality evaluation step,
the speech quality of the speech signal to be transmitted
is evaluated based on a volume level of a sound to be

PICKEA UP. eiieiiieiieeiee ettt 27
Clalm Sttt e e 28
1. [5a] The condition notification method according

to claim 1, wherein in the speech-segment

determination step it is determined whether or not

the speech signal to be transmitted is a speech

segment if the communication mode is the

transmission mode, Wherin, ........ccoeeeeeeeeeeeneneeeenenanns 28

il. [5b] in the speech-quality evaluation step, the
speech quality of the speech signal to be
transmitted is evaluated while the speech signal to
be transmitted is being determined as the speech

SCEIMENL. ....vieeiiiieeiee et eeeteeeereeeereeeeaeeeeeteeeenneeeennnes 29
Independent Claim 9..........cccvieiieiiiieiieeeeeee e, 30
1. [9pre] A communication apparatus comprising: ............ 30

1. [9a] a first pick-up unit configured to pick up a
VOICE SOUNM, ..t eeaeaeeaes 30

iii.  [9b] a transmitter unit configured to transmit the
voice sound picked up by the first pick-up unit to
outside as a first speech signal;.........cccceeeeeeeeiiiiinnennne. 31
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[9c] a communication-mode switching unit
configured to switch a communication mode
between a standby mode in which the transmitter
unit does not transmit the speech signal and a
transmission mode in which the transmitter unit

transmits the speech signal;..........ccccooevvveeciieinineenne,

[9d] a sound pick-up state determination unit
configured to determine a pick-up state of the

voice sound picked up by the first pick-up unit; .........

[9¢] a light emission device configured to emit

HGHE e

[91] a control unit configured to control the light-
emitting device so that the light-emitting device is
turned off, turned on or repeatedly turned on and
off based on the communication mode switched by
the communication-mode switching unit, and the
pickup state of the voice sound picked up by the
first pick-up unit determined by the sound pick-up

state determination unit; and............cccceeeevevieieeeeeenennnn.

[9g] a speech-quality evaluation unit configured to
evaluate speech quality of the first speech signal to

be transmitted by the transmitter unit,............cccceeneeee

[9h] wherein the sound pick-up state determination
unit determines the sound pick-up state of the
voice sound picked up by the first sound pick-up
unit based on the speech quality of the speech
signal evaluated by the speech-quality evaluation

Unit; and ...

[91] a speech-segment determination unit
configured to determine whether or not the first
speech signal to be transmitted by the transmitter

unit is a speech segment, ........ccceeeevieeeceeeenieeeecree e,

[9j] wherein, the sound pick-up state determination
unit determines the sound pick-up state of the

v



Inter Partes Review
U.S. Patent No. 9,070,374

sound to be transmitted as the first speech signal

based on a determination result at the speech-

segment determination unit and an evaluation

result at the speech-quality evaluation unit. ................... 38

f. Claim 10: The communication apparatus according
to claim 9, wherein the light-emitting device 1s
turned on if the communication mode is switched
into the transmission mode, whereas the light-
emitting device is repeatedly turned on and off
based on the pick-up state determined by the sound
pick-up state determination unit if the
communication mode is switched into the

transmission MOAE. ......c.eevveeuieriienieeieeie e 38
g. Claim 13 ..t e e e e ens 39
1. [13a] The communication apparatus according to

claim 9, wherein the control unit controls the light-
emitting device so that the light-emitting device is

turned off if the communication mode is the

standby MoOde, .......ccveeeeiiiiiiiie e 39

il. [13b] the light-emitting device is turned on if the
communication mode is the transmission mode and
if the speech signal to be transmitted is not the
speech segment, the light-emitting device is turned
on if the communication mode is the transmission
mod, if the speech signal to be transmitted is the
speech segment, and if the speech quality of the
speech signal to be transmitted is evaluated as bad,
and the light-emitting device is repeatedly turned
on and off if the communication mode is the
transmission mode, if the speech signal to be
transmitted is the speech segment, and if the
speech quality of the speech signal to be
transmitted is evaluated as g0od..........ccceevveerieenieennnnne 40

B. Ground 2: IBM and Kale Render Obvious Claims 4, 6-8, 11, 12,
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second sound pick-up unit, the first and second

sound pick-up units being provided for the simplex
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il. [4b] wherein, speech quality of a speech signal
after the noise cancellation is evaluated in the

speech-quality evaluation Step........ccccceeeecveeeeriieeenneeennee. 47
CLaim 11 .o e 48
1. [11a] The communication apparatus according to

claim 9 further comprising a second sound pick-up

unit configured to pick up a voice sound; ...................... 48
il. [11b] a noise cancellation unit configured to

perform noise cancellation to the first speech

signal input from the first sound pick-up unit by

using a second speech signal input from the second
sound PICK-UP UNIL, ....ooevvieeiiieieeieeeiee e 48

iii.  [11c] wherein the transmitter unit transmits a
speech signal after the noise cancellation by the
noise cancellation unit and the speech-quality
evaluation unit evaluates speech quality of the
speech signal after the noise cancellation....................... 49
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[7a] The condition notification method according

to claim 4, wherein, in the control step, the light-
emitting device is turned off if the communication

mode is the standby mode, .........ccceveviiiieiiiiieieee 49

[7b] the light-emitting device is turned on if the
communication mode is the transmission mode and
if the speech signal to be transmitted is the speech
segment, and if the speech quality of the speech
signal to be transmitted is evaluated as bad, and
thelight-emitting device is repeatedly turned on
and off if the communication mode is the
transmission mode and if the speech signal to be
transmitted is the speech segment, and if the
speech quality of the speech signal to be
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1.

[6a] The condition notification method according

to claim 1 further comprising a microphone-

direction determination step of determining a

direction of a main microphone based on a phase
difference of sounds picked up by a first sound

pick-up unit and a scond sound pick-up unit both
provided for the simplex communication

APPATATUS, c.evvveeeireeeeeieeeeiteeeeireeeetreeesnbeeennreessnsseesnnseesennes 53

[6b] the first sound pick-up unit including the main
microphone, wherein, in the speech-quality

evaluation step, the speech quality of the speech

signal to be transmitted is evaluated based on the
direction of the main microphone thus determined

in the mcrophone-direction determination step.............. 55
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direction determination unit configured to
determine a direction of a main microphone based
on a phase difference of the voice sounds picked
up the first and second sund pick-up units,

TESPECHIVELY, evieiiiieeiiiieee e

[12b] the first sound pick-up unit including the
main microphone, wherein, the speech-quality
evaluation unit evaluates the speech quality of the
speech signal to be transmitted by the transmitter
unit based on the direction of the main microphone
thus determined by the microphone-direction

determiNAtioN UNIE. ......ueeeeeeeeeeeeeeeeeeeeeeeeeeeeeeeaaeeeeeeenens

[8a] The condition notification method according
to claim 1, wherein the speech-segment
determination step includes: a frequency
conversion step of converting a signal input from a
sound pick-up unit provided for the simplex
communication apparatus into signal component
in unit of a specific length in a frequency domain;

[8b] a sound determination step of determining
whether the signal input from the sound pick-up
unit carries a voice component or a noise
component based on a spectrum component of the
signal component thus converted into the

frequency domain. .........ccceeeeveeeiiieeeciee e

[15a] The communication apparatus according to
claim 9, wherein the speech-segment
determination unit converts the first signal input
from the first sound pick-up unit into a signal
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| Introduction

The ’374 patent discloses an audio input device that provides its user with
visual feedback on the device’s processing condition for captured audio. Based on
the input device’s evaluation of the captured audio, the device delivers feedback to
the user about speech segment and quality assessments using on-off sequences on a
light-emitting device. The *374 patent explains that the user can use this information
to understand the device’s processing condition and “change the way of holding the
audio input apparatus 1100 (or the microphone).” ’374 patent, 24:14-16. The
dependent claims go on to describe when the evaluations occur during speech
processing and otherwise introduce noise-filtering based on known double-
microphone setups leveraging a main voice microphone and noise sub-microphone.

These and the other features claimed by the *374 patent were all known in the
prior art—IBM, Kale, and Li. Five years before the ’374 patent’s earliest priority
date, IBM described a system employing speech-segment and speech-quality
determinations to provide feedback to users on the status of their voice command
and to encourage proper use of its microphones. In particular, IBM already used a
“lighted bar” to provide feedback on detected speech, its assessed quality, and the
correct holding of the microphone. IBM, [0012], [0023]. Kale and Li disclose basic
implementation details for systems like IBM, including conventional speech

processing techniques in the frequency domain and known locations to place each
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of the two microphones—i.e., opposite sides of the device. These references show
that the challenged claims should not have issued. Petitioner therefore requests that
the Board institute inter partes review (“IPR”) of the 374 patent and find all claims
unpatentable based on the grounds presented.

II1. ’374 Patent
A. Overview

The *374 patent seeks to deliver an audio input device with noise-cancellation
capabilities for cleaning up receiving speech and giving visual feedback to the user
about the device’s evaluation of captured speech. *374 patent, 24:6-18, 36:56-37:8,
37:33-47. The 374 patent explains the input device’s feedback reflects a “sound
pick-up state determination” of received speech and whether the microphone system
is being utilized correctly. /d.

The ’374 patent describes the “sound pick-up state determination” as the
combined outcomes of traditional speech-segment and speech-quality
determinations made for speech received at its microphone system according to a
specifically selected communication mode. ’374 patent, 19:29-35. To switch
between communication modes, the *374 patent relies on button presses by the user
on conventional Push-to-Talk microphones. *374 patent, 4:37-5:5, 6:6-23, 34:14-27,
39:24-33, Fig. 1 (104), Fig. 4 (207). Otherwise, to determine the sound pick-up state

of captured speech, the *374 patent explains:
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[FJor sound pick-up state evaluation, the sound pick-up state evaluation

unit 1003 determines whether a signal input from the sound pick-up

unit 1001 [i.e., a microphone] is a speech segment. Moreover, for sound

pick-up state evaluation, the sound pick-up state evaluation unit 1003

evaluates the speech quality of a speech segment to be transmitted from

the transmitter unit 1002. The results of speech-segment determination

and speech-quality evaluation are output to the light-emission control

unit 1005 .. ..

’374 patent, 19:29-35.

The 374 patent goes on to explain that its associated “light-emitting device

1210 [is] for visual notification,” including to “notify a user of speech quality” and

“on correct holding of the main microphone.” >374 patent, 26:2, 26:51-52, 33:17-19.

And at Figure 13, the *374 patent provides a corresponding table listing exemplary

LED states based on the communication mode and sound pick-up state

determination (i.e., the speech segment and speech quality determinations):

COMMUNICATION MODE

SOUND PICK-UP STATE DETERMINATION

SPEECH SEGMENT
DETERMINATION

SPEECH QUALITY
DETERMINATION

LED STATE

STANDBY MODE

No1 (NO TRANSMISSION NO DETERMINATION | NO DETERMINATION TURN OFF
INSTRUCTION SIGNAL INPUT)
NON-SPEECH
No2 i NO DETERMINATION TURN ON
TRANSMISSION MCDE
No3 (INPUT TRANSMISSION B%%iﬁg” TURN ON
INSTRUCTION SIGNA
ON SIGNAL) SPEECH SEGMENT
Nod GOOD SPEECH TURN ON
QUALITY AND OFF

’374 patent, Fig. 13
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As the 374 patent acknowledges, the on-off sequences indicated for a given LED
state simply represent one way of many ways to convey the underlying “sound pick-
up state.” 374 patent, 39:50 (explaining that the “the present invention is not limited
thereto™); Intel Corp. v. PACT XPP Schweiz AG, 61 F.4th 1373, 1380 (Fed. Cir.
2023); Intel Corp. v. Qualcomm Inc., 21 F.4th 784, 797 (Fed. Cir. 2021); In re
Sovish, 769 F.2d 738, 74243, 226 U.S.P.Q. 771 (Fed. Cir. 1985).

B.  Prosecution History

In response to a first-action obviousness rejection, the applicant amended
independent claims 1 and 11 to incorporate certain subject matter indicated
allowable aside from their dependence on a rejected independent claim. Ex. 1002,
26-33. In particular, the applicant incorporated corresponding dependent claims 5
and 14, respectively, requiring that a “speech-segment determination” inform the
“sound pick-up state determination.” Ex. 1002, 26-33. The applicant also
incorporated intervening dependent claims 3 and 13, which required a speech-
quality evaluation to also inform the sound pick-up state determination. /d. The
Examiner’s subsequent Notice of Allowance, however, still focused on the
incorporated subject matter of dependent claims 5 and 14—i.e., inclusion of a

speech-segment determination. Ex. 1002, 12-13.



Inter Partes Review
U.S. Patent No. 9,070,374

C. Level of Skill
A person of ordinary skill in the art (“POSITA”) in the field of the *374 patent

would have had at least a bachelor’s degree in electrical engineering or related
discipline, and at least two years of experience in voice or audio processing. Lipoft,
[0060]. Relevant work experience can substitute for formal education and additional
education could substitute for work experience. /d.

III. Claim Construction

Claim terms are given their ordinary and accustomed meaning as understood
by one of ordinary skill in the art. Phillips v. AWH Corp., 415 F.3d 1303, 1312-13
(Fed. Cir. 2005) (en banc); 37 C.F.R. § 42.100(b). No terms require express
construction because the prior art’s disclosures are commensurate with the ’374
patent disclosures; thus the prior-art mappings cover the claims under any
construction consistent with Phillips. Petitioner analyzes the claim terms under their
plain and ordinary meaning in light of the specification and prosecution history.

To that end, Petitioner offers the following comments regarding the term
“simplex communication apparatus,” recognizing the ’374 patent uses “simplex
communications” consistent with industry practice to include ‘half-duplex

communications.”
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A.  “simplex communication apparatus”

Independent claim 1 and dependent claims 4 and 6 refer to a “simplex
communication device.” The *374 patent does not define “simplex communication,”
but it routinely describes embodiments using push-to-talk (PTT) devices regularly
employing half- or semi-duplex communications that limit bidirectional
communication to one direction at a time. See, e.g., 374 patent, 4:63-5:5, 8:41-64,;
Fig. 3. This is consistent with industry literature, such as the International
Telecommunications Union (ITU) terms and definitions:

1.125 simplex operation: Operating method in which transmission is
made possible alternately in each direction of a telecommunication

channel, for example, by means of manual control.?

21.125.1, 1.126.1 and 1.127.1 In general, duplex operation and semi-
duplex operation require two frequencies in radiocommunication;

simplex operation may use either one or two.

Ex. 1008 (italics emphasis original, bold emphasis added).
Accordingly, consistent with the plain and ordinary meaning, the “simplex
communication apparatus” allows communications to occur alternately in each

direction of a telecommunication channel. Lipoff, [0061]-[0064].
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IV. The ’374 Patent Claims are Unpatentable

Petitioner requests cancellation of the 374 patent based on the following

grounds:
Grounds Claims Basis Prior Art
1 1-3,5,9, 10, and 13 § 103 IBM
2 4,6-8,11, 12, and 15 § 103 IBM and Kale
3 14 § 103 IBM, Kale, and Li

A. Ground 1: IBM Renders Claims 1-3,5,9, 10, and 13 Obvious
1. Overview of IBM (Ex. 1005)

IBM, filed February 17, 1999, qualifies as prior art to the 374 patent under
pre-AlA 35 U.S.C. § 102(b). IBM discloses “systems and methods for intelligent
control of microphones in speech processing.” IBM, Abstract. Like the *374 patent,
IBM seeks to deliver effective noise-cancellation capabilities while offering visual
feedback to users about whether the microphone system is being used effectively.
Compare, e.g., ’374 patent, 24:6-18, 36:56-37:8, 37:33-47, with 1BM, [0012],
[0023], [0035], [0039]. To this end, IBM’s intelligent microphone system is
“employed in speech processing applications to capture, record and preprocess audio
input.” IBM, [0009], [0025], Fig. 2.

IBM explains that its microphone manager 110 and associated control

functions “can be designed with various frameworks depending on the target
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application,” including “speech command and control in various environments” that
commonly rely on simplex communications. /d, [0024], [0042]; Lipoff, [0069]. IBM
also provides that its system uses speech-segment and speech-quality determinations
to provide feedback to users engaging with the system. When the user activates the
PTT microphone button to provide a voice command or otherwise interact with the
system, IBM’s system receives the speech signal to be transmitted at its microphone
and transmits it to external components for recording, further processing, and
providing user feedback. IBM, [0012], [0021], [0029]-[0035], [0044]-[0045],
[0047], claims 7 and 17. When entering transmission mode, IBM’s system also
“determine[s] the boundaries of speech segments within the captured audio” to
confirm the presence of speech. /d., [0048]. Moreover, “[d]uring audio capture, the
system may detect the existence of one or more conditions that can lead to degraded
acoustic quality of the captured audio.” Id., [0047]. IBM thus determines the
presence of speech in a speech signal, conducts a check on acoustic quality, and
transmits the captured speech for recording, further processing, and providing
notifications at the feedback output device. Lipoft, [0069].

IBM also describes a feedback output device (108) for providing visual
notifications to a user on the processing status of voice activity received at
microphone manager 110. Id., [0025], [0036]. IBM describes controlling a “lighted

bar,” for example, to indicate the processing status of captured audio and whether
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corrections or adjustments are advisable to achieve clearer transmission of voice

sounds. /d., [0040]. In one example of controlling the lighted bar, the display

includes simply varying the length of brightness to turn the display on and off. In

another disclosed example, the lighted bar displays different colors on the lighted

bar to notify the user of the received voice quality. /d.

2. Claims 1-3,5,9, 10, and 13

a. Independent Claim 1

i.

[Ipre] A condition notification method for
notifying a wused condition of a simplex
communication apparatus by using a light-
emitting device attached to the simplex
communication  apparatus, the method
comprising:

If the preamble is limiting, IBM discloses it by describing advanced

microphone control methods that include giving user feedback on speech-enabled

devices by a “lighted bar” showing the device’s current processing status. See

IBM, [0009], [0024], [0025], [0036], [0040], [0042], Fig. 2.; Lipoff, [0071]. IBM

discloses intelligent microphone systems and methods “employed in speech

processing applications to capture, record and preprocess audio input.” IBM,

[0009], [0025], Fig. 2. IBM’s system and associated control functions “can be

designed with various frameworks depending on the target application,” including

“speech command and control in various environments” that use simplex
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communications. IBM, [0024], [0042]; Lipoff, [0071]. IBM’s system also includes
an attached “feedback output device” to provide visual notifications to the user on
the processing status of received voice activity. IBM, [0025], [0036]. For example,
IBM describes controlling a “lighted bar” display to indicate the system’s
processing status and whether corrections or adjustments are advisable to achieve
clearer transmission of voice sounds. IBM, [0040].

ii. [1a] a communication-mode determination step

of determining whether a communication mode

of the simplex communication apparatus is a
transmission mode or a standby mode;

IBM discloses [1a] because it describes sleep-wake functionality triggered by
button press of a Push to Talk (PTT) microphone. See IBM, [0012], [0021], [0024],
[0029]-[0035], [0042]-[0048], claims 7 and 17, Fig. 3; Lipoft, [0072]-[0073]. In
particular, when waking upon the detection of speech, IBM exits standby mode and
resumes transmission of audio data (transmission mode) for recording, further
processing, and providing feedback to the user. IBM, [0047]-[0048], Fig. 3.

IBM explains that “the microphone manager 110 can be configured to have
one or more operating modes depending on the target application,” including
environments where devices switch between sleep (standby) and wake
(transmission) modes. For example, IBM describes speech-enabled applications that

wake from sleep to receive and respond to vocal commands. IBM, [0042]; Lipoft,

10
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[0072]-[0073]. In particular, IBM discloses its system can operate in a “detection
mode” (standby mode) where the microphones deactivate and transmission of audio
data for recording, speech processing, and providing feedback ceases until speech is
detected. IBM, [0043]-[0044]. For target applications not reliant on PTT for speech
detection, “the microphone is maintained ‘deactivated’ by the microphone manager
(110) in the sense that the microphone is ‘on’ and the system is listening for speech
input, but that the audio input is not being recorded or otherwise applied to the
speech decoding system until detection of a speech activity event (e.g., speech onset)
(step 201).”). Id.

These disclosures are similar to the corresponding disclosures of the ’374
patent. While the 374 patent never uses the phrase “communication-mode
determination step” outside of the claims, the specification explains that a PTT
switch is “the communication-mode switching unit[] for switching the
communication mode between the standby mode and the transmission mode.” *374
patent, 4:37-5:5, 6:6-23, 39:24-33, Fig. 1 (104), Fig. 4 (207). Likewise, IBM

employs a familiar PTT switch to change communications modes.! Id., [0031]. And

! While the 374 patent describes a PTT switch conducting the communication-

mode determination, SoundClear has alleged in the related litigation that using

11
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upon recognizing the communication mode should change based on a “speech
activity event,” e.g., a PTT button press, the microphones reactivate to capture audio
(speech) data. Id., [0012], [0021], [0029]-[0035], [0044]-[0045], [0047], claims 7
and 17. Meanwhile, the transmission of speech data (transmission mode) also
resumes for recording, further processing, and feedback to the user upon awakening
from detection mode. /d., [0047]-[0048], Fig. 3.
iii.  [1b] a sound pick-up state determination step of
determining a sound pick-up state of a sound

carried by a speech signal to be transmitted if the
communication mode is the transmission mode;

IBM renders obvious [1b] because it determines the status of speech activity
received at its microphone(s) based on both speech-segment and speech-quality
determinations when transmitting (transmission mode) feedback to the user. See
IBM, [0012],[0021], [0029]-[0035], [0044]-[0045], [0047], claims 7 and 17; Lipoft,
[0074][-0075]. Element [1f], discussed below, specifies that the “sound pick-up state
determination” step “is determined based on a determination result of the speech

segment determination step and an evaluation result of the speech-quality evaluation

audio-based speech processing techniques satisfies this limitation. As discussed
supra Sections [V.A.2.vii and IV.A.1.f.i, IBM also discloses using audio-based

speech processing techniques to detect the onset of speech. See, e.g., IBM, [0029].

12
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step.” ’374 patent, 43:5-8. Central Admixture Pharmacy Services, Inc. v. Advanced
Cardiac Solutions, P.C., 482 F.3d 1347, 1355 (Fed. Cir. 2007), cert. denied, 128 S.
Ct. 648 (2007) (“Claims mean precisely what they say.”); Lipoff, [0074]-[0075].
Likewise, the ’374 patent specification describes the “sound pick-up state
determination” as the combined outcomes of speech-segment and speech-quality
determinations for speech picked up by the microphone system. *374 patent, 19:29-
35. As explained:

[FJor sound pick-up state evaluation, the sound pick-up state evaluation
unit 1003 determines whether a signal input from the sound pick-up
unit 1001 [i.e., a microphone] is a speech segment. Moreover, for sound
pick—up state evaluation, the sound pick-up state evaluation unit 1003
evaluates the speech quality of a speech segment to be transmitted from
the transmitter unit 1002. The results of speech-segment
determination and speech-quality evaluation are output to the

light-emission control unit 1005 . . ..

’374 patent, 19:29-35 (emphasis added).

Identifying speech segments and determining their associated speech quality,
however, was well-known long before 2012. Infra Section 1V.A.2.a.viii (as to
element [1f]); Lipoff, [0054]-[0059], [0075]. Indeed, so was visually relaying
feedback to users. /d. IBM disclosed in January 2007 that its system identifies a

speaking event for processing when a user activates the PTT microphone button to

13
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provide a voice command or otherwise interacts with the system. /d., [0012], [0021],
[0029]-[0035], [0044]-[0045], [0047], claims 7 and 17. In turn, IBM’s system “will
determine the boundaries of speech segments within the captured audio,” confirming
the presence of speech. IBM, [0048]. IBM also explains, “[d]uring audio capture,
the system may detect the existence of one or more conditions that can lead to
degraded acoustic quality of the captured audio.” IBM, [0047]. IBM thus confirms
the presence of speech in a speech signal, conducts a check on its acoustic quality,
and transmits the captured speech for recording, further processing, and eventual use
in notifications provided at the feedback output device. Lipoff, [0074]-[0075].

iv.  [1¢] a control step of controlling the light-
emitting device so that the light-emitting device
is turned off, turned on or repeatedly turned on
and off based on determination results of the

communication-mode determination step and
the sound pick-up state determination step;

IBM discloses, or at least renders obvious, element [Ic] because one of
ordinary skill would understand IBM’s feedback generation system 114 turns “off,”
“on,” or repeatedly “on and off” when it controls the attached lighted bar according
to the sound pick-up state determination (element [1b]). See IBM, [0012], [0023],
[0027], [0036], [0039], [0040], and [0060]; Lipoff, [0076]-[0079]. IBM operates
with the lighted bar is turned “off” while awaiting speech activity in “detection

mode” according to the communication-mode determination step. Id., [0043]. But

14
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while receiving speech, IBM provides feedback in transmission mode according to
the sound pick-up state determination. IBM, [0040], [0060]. Namely, IBM controls
the lighted bar feedback according to speech quality and segment determinations:

[T]he system can provide feedback to a user to indicate SNR (signal to
noise ratio[)], recognition confidence measures, sentence-level
confidence measures, and partial playback of the recognized text as text
on the screen or synthesized voice. Further, the feedback generation
system (114) may track the input volume which a user speaks into a
microphone and provide some form of feedback that informs the user
whether the user’s speech volume is too loud or too low (which can
reduce decoding accuracy) or at an optimal level for decoding. By way
of specific example, the system can display a colored bar that shows the
voice volume, green/yellow/red to show normal signal, borderline, too
loud, etc., and where the system can provide an indication to the user
that the system is listening and capturing the speech input when a length

of brightness of a lighted bar quickly tracks the user’s voice activity.

IBM, [0040]. One of ordinary skill would thus appreciate IBM’s feedback
generation system discloses element [1c] when it varies colors and brightness to
reflect sound pick-up state determinations in transmission mode per the

communication-mode step determination. Lipoff, [0077]. Indeed, IBM’s lighted bar

15
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provides feedback for each of the 374 patent’s described LED states corresponding

to sound pick-up state determinations:

SOUND PICK-UP STATE DETERMINATION

COMMUNICATION MODE LED STATE
SPEECH SEGMENT H L
DETERMINATION [S)PEE[EECRM%%AI'I(I;[\YI
STANDBY MODE
No1 NO DETERMINATION | NO DETERMINATION TURN OFF
IBM: Detection Mode
NON-SPEECH TURN ON
No2 SEGMENT NO DETERMINATION RED
TRANSMISSION MODE
No3 BAD SPEECH TURN ON
QUALITY YELLOW
SPEECH SEGMENT TURN ON
No4 GOOD SPEECH AND OFF
QUALITY BREEN

Table A (Annotating ’374 Patent, Fig. 13, with IBM’s Lighted Bar States)

IBM explains its feedback generation system turns “on” a red light when the
user’s voice volume and/or surrounding SNR levels have rendered the system unable
to recognize speech. IBM, [0006], [0040]-[0041]; Lipoft, [0078]. Similarly, IBM
turns a yellow light on or “repeatedly on and off” when borderline readings indicate
poor speech quality as the system tracks voice activity. /d. Finally, IBM turns a
green light “repeatedly on and off” when identifying good quality speech while
“quickly track[ing] the user’s voice activity” by brightness level. /d.

Moreover, the *374 patent makes clear the claimed LED on-off sequences

were not considered inventive. *374 patent, 39:48-50 (“The light-emission control

16
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unit controls the light-emitting device (LED) in the following manner in the
embodiments, however, the present invention is not limited thereto.”) (emphasis
added). The ’374 patent instead explains that other alternatives for conveying the
same information work just as well. 1d., 39:61-40:2; see also Lipoft, [0079] (further
citing Exs. 1009-1013). Accordingly, a POSITA would have understood IBM
discloses, or at least renders obvious, element [1c] based on IBM’s feedback
generation system and use of a versatile lighted bar, especially given the ubiquity of
using on-off sequences to provide user feedback. Lipoff, [0076]-[0079].

V. [1d] a speech-quality evaluation step of

evaluating speech quality of the speech signal to
be transmitted,

IBM discloses [1d] because, during speech capture, IBM seeks evaluates
speech quality by considering conditions that degrade the acoustic quality of the
captured speech to be transmitted. See IBM, [0012]-[0013], [0023], [0036]-[0037],
[0047], [0060]; Lipoft, [0080]-[0083]. IBM controls feedback displayed on the
lighted bar reflecting a speech quality evaluation (discussed here) and speech
segment determination (discussed at element [1e.1]) as part of determining the sound
pick-up state (element[1b]). Supra Section IV.A.2.a.i1i. IBM explains that its

acoustic quality control methods “may be implemented using any one or more of
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known speech/audio processing techniques that are suitable for microphone/speech
processing applications.” IBM, [0060]; Lipoft, [0080].

IBM discloses performing many speech quality evaluations on the speech
signal to be transmitted. First, IBM describes this step performed by an ‘“acoustic
quality control system [that] detects conditions regarding capturing of audio input to
the microphone system” as it evaluates the speech contained therein. IBM, [0012]-

[0013], [0023].
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IBM, Fig. 1 (Annotated)
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Furthermore, IBM goes on to explain that“[t]hese acoustic quality control
functions are supported by system modules such as the environment interpretation
system (113) and feedback generation system (114).” Id., [0036]. “In particular, the
environment interpretation system (113) can implement methods for processing
sensor data and environmental static noise to detect conditions that could possibly
have an adverse affect [sic] on the decoding accuracy of speech data....” Id.,
[0037]. This allows “the environment interpretation system (113) [to] determine or
otherwise detect the static environmental noise in an audio signal received via a user
microphone . . ..” Id., [0037]. Thus, IBM captures and monitors audio data to track
noise levels affecting speech quality by comparing it to the captured speech being
evaluated. Id., [0038], [0052].

IBM also explicitly identifies other ways to make speech quality evaluations
on to be transmitted speech signals. For example, IBM identifies and provides
feedback regarding audio quality based on volume input level. IBM, [0040]. IBM
provides “some form of feedback that informs the user whether the user’s speech
volume is too loud or too low (which can reduce decoding accuracy) or at an optimal
level for decoding.” IBM, [0040]. Furthermore, the environmental interpretation
system (113) can process sensor data to “detect [the] location and distance between
a microphone and a speaker's mouth,” allowing the system to determine when the

microphone’s positioning has caused degradation of the audio input. /d. IBM’s
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system then provides feedback indicating the poor quality to “allow the user to make
manual adjustments.” /d., [0023], [0040].

Indeed, like the *374 patent, IBM also seeks to automatically improve audio
quality before providing feedback. Compare, e.g., IBM, [0036], with *374 patent,
40:3-14. But, in any event, IBM’s system evaluates captured audio (speech) input
for “acoustic characteristics that adversely affect a decoding accuracy” of the speech
signal to be transmitted. /d., [0026]. As explained supra Sections IV.A.1 and
IV.A2.a.v, IBM’s feedback generation system (114) implements “methods for
processing and rendering feedback data output from the environment interpretation
system (113), which is presented to a user via the feedback output device (108).” 1d.,
[0039]; see also id., [0012] (“In one embodiment, the acoustic quality control system
provides feedback to a user regarding a detected condition having an adverse affect
[sic] on an acoustic quality of audio input.”), [0023], [0036].

vi. [le] wherein, in the sound pick-up state
determination step, the sound pick-up state of
the sound carried by the speech signal to be
transmitted is determined if the communication
mode is the transmission mode based on the

speech quality of the speech signal evaluated by
the speech-quality evaluation step; and

IBM also discloses [1e] because it determines the speech quality of captured
speech when, e.g., a user presses the microphone button to bring the system out of

detection mode and into transmission mode. See IBM, [0012], [0039]-[0040],

20



Inter Partes Review
U.S. Patent No. 9,070,374

[0043]-[0045], «claim 2; Lipoff, [0084]-[0087]. As discussed infra
Section IV.A.2.a.ii, “microphone manager 110 can be configured to have one or
more operating modes depending on the target application.” IBM, [0042]. This
includes embodiments where microphone manager 110 waits in “detection mode”
for the onset of speech at a PTT microphone. IBM, [0043]-[0044]. Once the
microphone manager 110 detects speech (e.g., by microphone button press), it
activates the microphones to capture the corresponding audio data and resumes
transmitting upon waking from detection mode. Id., [0047]-[0048], Fig. 3. And
while the microphone remains activated, and audio input to the microphone is
captured and recorded, microphone manager 110 evaluates the audio input for
acoustic quality. /d., [0012], [0039]-[0040], [0045], claim 2.
vii. [le.i] a speech-segment determination step of
determining whether or not the speech signal to

be transmitted is a speech segment if the
communication mode is the transmission mode,

IBM discloses [le.i] because it discloses a variety of methods for
distinguishing between speech and nonspeech segments as part of the feedback
presented to the user in transmission mode. See IBM, [0021]-[0022], [0026]-[0031],
[0034], [0048]; Lipoft, [0085]-[0089]. In particular, “[t]he microphone interaction
control system (112) uses timing of speech activity events to ... determine the

boundaries of speech segments within captured audio.” IBM, [0028].
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IBM discloses, for example, that microphone control system (15) operates
with speech activity detection system (14) to identify segments of captured audio
having relevant speech data (speech segments). IBM, [0021]. In particular, “the
speech activity detection system (14) implements functions to detect one or more
types of speech activity events during audio capturing, which serve as indicators of
speech input to the microphone system (11).” Id. Speech activity events initiating
transmission mode include, e.g., user interactions with microphone switch buttons
or “speech intent events” indicating a user’s intention to speak. /d. IBM also
discloses identifying speech activity events based on biometric feature data,
behavioral characteristics, and/or other types of events. /d.

As IBM explains, detecting speech activity events provides the system with
information for determining the timing of speech from a user, e.g., speech onset,
speech offset, ongoing speech, etc. IBM, [0022]. The microphone control
system (15) uses these speech activity events to determine, among other things,
boundaries of speech segments within captured audio for selective sending to the
speech decoding system (13). Id. In other embodiments, IBM uses the microphone
interaction control system (112) to identify boundaries of speech segments within
captured audio based on the timing of speech. IBM, [0021], [0027], [0028] (“The
microphone interaction control system (112) uses timing of speech activity events

to . . . determine the boundaries of speech segments within captured audio.”).
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In still other embodiments, IBM describes using control methods based on
multimodal input from sensor devices used to control the audio capture and
determine speech segments within it. IBM, [0026], [0048]. For example, user
behavior interpretation system (115) and audio data processing system (116) also
implement methods supporting speech activity detection. IBM, [0029]. User
behavior interpretation system (115) collects and processes multimodal input from
various sensors (e.g., cameras, biometric sensors, tactile sensors, etc.) as a user
interacts with the system to determine the timing of speech activity (speech
onset/offset, etc.) for a speech segment. IBM, [0029]. User behavior interpretation
system (115), on the other hand, processes image data of the speaker to extract facial
features (e.g., lips, mouth, pose) or other body data to detect “speech onset [start of
speech segment] to activate capturing and recording of audio input based on visual
speech clues.” IBM, [0034]. Furthermore, audio data processing system (116)
employs known audio-based techniques for processing the audio input to detect
onset of speech segments when the speech energy of the audio input received crosses
a predetermined threshold. IBM, [0029]. Finally, IBM explains the microphone
interaction control system (112) can also detect speech onset by considering the
timing of speech in conjunction with the above-discussed information collected by

other system components. IBM, [0029]-[0031].
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viii. [1f] wherein, in the sound pick-up state
determination step, the sound pick-up state of
the sound carried by the speech signal to be
transmitted, if the communication mode is the
transmission mode, is determined based on a
determination result of the speech-segment

determination step and an evaluation result of
the speech-quality evaluation step.

IBM discloses, or at least renders obvious, element [1f] because its system
determines the status of speech activity received at its microphone(s) based on both
the presence of speech and assessed quality. See IBM, [0023], [0036], [0040],
[0047]; Lipoft, [0088]-[0089]; supra Sections IV.A.2.a.ii1, [V.A.2.a.v, [V.A.2.a.vii.
In considering IBM, one of ordinary skill would have appreciated how to apply the
speech processing techniques already known to the industry in 2012 for the task at
hand, namely identifying and evaluating speech. Lipoff, [0088]-[0089].

More than five years before the ’374 patent’s earliest priority date, IBM
disclosed a system using known speech-segment determination and speech-quality
evaluation techniques to provide feedback to users on captured audio and encourage
proper use of its microphone. As explained supra Sections IV.A.2.a.v and
IV.A.2.a.vii, IBM’s system determines both “the boundaries of speech segments
within the captured audio” and “detect[s] the existence of one or more conditions
that can lead to degraded acoustic quality” while in transmission mode. IBM, [0047].

The system then generates visual feedback for the user by controlling a lighted bar
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display to indicate different outcomes of the speech and quality determinations.
IBM, [0023], [0036], [0040]. For example, IBM explains that its system provides
feedback regarding user’s voice volume (quality determination), SNR (quality
determination), word and sentence confidence measures (quality and segment
determinations), partial playback (quality and segment determination), etc. /d. IBM
also describes “quickly track[ing] the user’s voice activity” by brightness level
(segment determination). IBM, [0006], [0040]-[0041]; Lipoff, [0088]-[0089].
Consistent with its shared aim with the *374 patent, IBM explains that this feedback
“allow[s] the user to make manual adjustments or take appropriate measures to
ensure the acoustic quality of the captured audio,” such as adjusting the microphone,
quieting the room, speaking more attentively towards the microphone, or just
speaking louder. /d., [0023]; see also 347 patent, 1:29-42.

b. Claim 2: The condition notification method according
to claim 1, wherein, in the control step, the light-
emitting device is turned on if the communication
mode is the transmission mode, whereas the light-
emitting device is repeatedly turned on and off based
on the sound pick-up state determined in the sound

pick-up state determination step if the communication
mode is the transmission mode.

IBM renders dependent claim 2 obvious because it discloses an attached
lighted bar with a variety of ways to convey sound pick-up state information on

captured audio and associated speech quality. See IBM, [0040]; Lipoff, [0090]-
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[0092]. IBM discloses a feedback generation system that turns on a red, yellow, or
green light in transmission mode, and repeatedly turns on and off when the system

can identify and track speech activity:

SOUND PICK-UP STATE DETERMINATION

COMMUNICATION MODE LED STATE
SPEECH SEGMENT
DETERMINATION [S)F;ETE;%I&%%AF%([;\Y!
STANDBY MODE
No1 NO DETERMINATION | NO DETERMINATION TURN OFF
IBM: Detection Mode
NON-SPEECH TURN ON
No2 SEGMENT NO DETERMINATION RED
TRANSMISSION MCDE
No3 BAD SPEECH TURN ON
QUALITY YELLOW
SPEECH SEGMENT TURN ON
No4 GOOD SPEECH AND OFF

Table A (Annotating ’374 Patent, Fig. 13, with IBM’s Lighted Bar States)

As discussed supra Section IV.A.2.a.iv (element 1[c]), IBM turns on a red
light when the system cannot recognize speech due to, e.g., the user’s voice volume
or surrounding SNR levels being too high. IBM, [0006], [0040]-[0041]; Lipoft,
[0091]. IBM also turns on a yellow light to indicate borderline quality readings for
captured speech. /d. And when receiving good quality speech, IBM turns its lighted
bar green and “repeatedly on and off” while “quickly track[ing] the user’s voice
activity” by brightness level. Id. Moreover, one of skill would recognize the

conventionality of providing feedback for microphone systems using a simple “on”
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and “off” display sequence. Lipoff, [0092] (citing Exs. 1009-1013). As the 374
patent explains, the claimed on-off sequences for a given LED state is not a point of
novelty. *374 patent, 39:48-50 (“The light-emission control unit controls the light-
emitting device (LED) in the following manner in the embodiments, however, the
present invention is not limited thereto™).
c. Claim 3: The condition notification method according
to claim 1, wherein, in the speech-quality evaluation
step, the speech quality of the speech signal to be

transmitted is evaluated based on a volume level of a
sound to be picked up.

IBM discloses claim 3 because it describes monitoring speech volume and
providing feedback to the speaker about whether they are speaking too loud or too
low. See IBM, [0040], [0047], [0060]; Lipoff, [0093]. As explained supra Section
IV.A.2.v, IBM also describes feedback based on the volume level of the speaker’s
voice:

[Fleedback generation system (114) may track the input volume which
a user speaks into a microphone and provide some form of feedback
that informs the user whether the user’s speech volume is too loud
or too low (which can reduce decoding accuracy) or at an optimal level

for decoding.

IBM, [0040] (emphasis added), [0060].
IBM also explains that its acoustic quality evaluation methods “may be

implemented using any one or more of known speech/audio processing techniques
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that are suitable for microphone/speech processing applications.” IBM, [0047],
[0060]; Lipoff, [0093]. Moreover, disclosed embodiments evaluate captured audio
input for “acoustic characteristics that adversely affect a decoding accuracy” of the
speech signal to be transmitted. /d., [0026].

d. Claim 5

i. [Sa] The condition notification method
according to claim 1, wherein in the speech-
segment determination step it is determined
whether or not the speech signal to be
transmitted is a speech segment if the
communication mode is the transmission mode,
wherein,

IBM also discloses [5a]. Supra Section 1V.A.2.a.vii (discussing [le.i]
regarding “a speech-segment determination step of determining whether or not the
speech signal to be transmitted is a speech segment if the communication mode is
the transmission mode.”). As discussed, “microphone manager 110 can be
configured to have one or more operating modes depending on the target
application.” IBM, [0042]. This includes applications where microphone manager
110 waits in “detection mode” for speech activity and switches to transmission mode
at the onset of speech (e.g., based the user pressing the talk button a PTT
microphone). IBM, [0043]-[0048], Fig. 3. While the microphone remains activated,
microphone manager 110 captures, records (e.g., in audio recording/storage

device 107), and evaluates the audio input for speech segments as part of providing
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feedback to the user. IBM, [0021]-[0022], [0026]-[0031], [0034], [0042]-[0048];

Lipoft, [0094]. Indeed, IBM discloses a variety of methods for distinguishing

between speech and nonspeech segments in transmission mode as part of giving

feedback to the user. See IBM, [0021]-[0022], [0026]-[0031], [0034], [0048];
Lipoff, [0094].

ii. [Sb] in the speech-quality evaluation step, the

speech quality of the speech signal to be

transmitted is evaluated while the speech signal

to be transmitted is being determined as the
speech segment.

IBM also discloses [S5b] because it discloses contemporaneous speech
segment and quality determinations. See IBM, [0023], [0030], [0036]-[0037];
Lipoft, [0095]. When in transmission mode, microphone interaction control system
(112) resumes identifying speech segments to selectively feed audio data (e.g.,
isolated speech) to automatic speech recognition (ASR) system (120). IBM, [0030].
Meanwhile, IBM’s acoustic quality controls systems (e.g., environment
interpretation system 113) “function[] to detect certain conditions that could
potentially reduce the decoding accuracy (by the ASR system (120)) of speech
input.” IBM, [0036]; Lipoff, [0095]. In other words, one of skill would have
understood IBM’s microphone manager 110 assesses speech quality conditions as it

detects speech segments for ASR 120. IBM, [0023], [0037]; Lipoff, [0095].
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e. Independent Claim 9
i. [9pre] A communication apparatus comprising:

If the preamble is limiting, IBM discloses [9pre]. Supra Section IV.A.2.a.i (as
to [1pre]); see also IBM, [0024], [0042], Figs. 1-2; Lipoff, [0096]. IBM discloses an
intelligent microphone control system “employed in speech processing applications
to capture, record and preprocess audio input in a way that optimizes decoding
accuracy of spoken input.” IBM, [0008]. IBM also explains that its microphone
manager 110 “can be designed with various frameworks depending on the target
application,” including “speech command and control in various environments.”
IBM, [0024], [0042], Figs. 1-2; Lipoft, [0096].

il. [9a] a first pick-up unit configured to pick up a
voice sound;

IBM discloses [9a] because it uses a microphone to receive (pick up) speech
(voice sound). See IBM, [0043]-[0048], Figs. 1-2; Lipoft, [0097]. IBM discloses
systems and methods for the “intelligent control of microphones.” IBM, Title; see
also >374 patent, 4:7 (“The sound pick-up unit 101 is a microphone . ...”). IBM
describes a microphone manager system 110 to receive audio captured by
microphone system (101) (a first pick-up unit) for recording, speech processing, and
providing feedback to the user about the current speech capture. IBM, [0043]-

[0048], Figs. 1-2.
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ili. [9b] a transmitter unit configured to transmit
the voice sound picked up by the first pick-up
unit to outside as a first speech signal;

IBM discloses [9b] because it discloses an /O manager for communicating
with internal and external components associated with microphone manager 110’s
operation. See IBM, [0025], [0027], [0028]; Lipoft, [0098]; supra
Section IV.A.2.a.ii. For example, IBM’s “I/O manager module (111) performs
various functions such as managing the I/O data that is input and output to the
various components (101, 104, 105, 106, 107, 108) and otherwise providing an API

for communication of messages and data between the microphone manager 110 the
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external systems/components.” IBM, [0025], [0027]. One of skill would appreciate
IBM’s I/0O manager includes a transmitter for transmitting data among internal and
external system components. Lipoff, [0098]. Indeed, as explained supra Sections
IV.A2.a.iv and IV.A.2.a.vii, IBM discloses I/O manager transmitting captured
audio received by its microphone system 101 as a signal to, e.g., internal and external
components to microphone manager 110 such as ASR 120, Audio
Recording/Storage Device 107, and Feedback Output Device 108.

iv. [9¢] a communication-mode switching unit
configured to switch a communication mode
between a standby mode in which the
transmitter unit does not transmit the speech

signal and a transmission mode in which the
transmitter unit transmits the speech signal;

IBM discloses [9c] because, like the ’374 patent, it describes using well-
known PTT switching as one means to switch between communications modes. See
IBM, [0031]. Lipoft, [0099]-[0101]; supra Section IV.A.2.a.ii (as it relates to [1a]’s
“communication-mode determination step”); see also *374 patent, 4:37-5:5, 6:6-23,
34:14-27, 39:24-33, Fig. 1 (104), Fig. 4 (207). IBM also provides embodiments
operating in speech command and control environments, which often switch
between wake and sleep states to receive and respond to user commands. IBM,

[0042]; Lipoft, [0099]. IBM’s system, for example, deactivates microphones and
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ceases transmission of audio data for recording, speech processing, and feedback
while in “detection mode”—i.e., standby mode. IBM, [0043]-[0044].

IBM’s system remains in detection mode until it identifies speech activity,
switching to transmission mode with the onset of speech. /d., [0043]-[0046]. IBM
describes several ways to identify a user’s intention to speak, including traditional
PTT microphones or sensed conditions. Id., [0043]-[0046], [0020] (“[S]peech
activity events include user interactions with microphone switch buttons, speech
intent events that indicate a user’s intention to speak into the microphone (as
determined based on processing of biometric feature data of the user and/or from
data acquired from tracking behavioral characteristics of the user, etc.”)). For target
applications not reliant on PTT for speech detection, “the microphone is maintained
‘deactivated’ by the microphone manager (110) in the sense that the microphone is
‘on’ and the system is listening for speech input, but that the audio input is not being
recorded or otherwise applied to the speech decoding system until detection of a
speech activity event (e.g., speech onset) (step 201).”). Id.

But upon recognizing a “speech activity event,” the microphones re-activate
to capture audio data for transmission of audio data—transmission mode—for
recording, further processing, and feedback to the user upon waking. /d., [0012],

[0021], [0029]-[0035], [0044]-[0048], claims 7 and 17, Fig. 3.
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V. [9d] a sound pick-up state determination unit
configured to determine a pick-up state of the
voice sound picked up by the first pick-up unit;

IBM renders [9d] obvious because it describes compiling the results of
speech-segment and speech-quality determinations as part of providing noise-
cancellation on received speech and providing the user feedback on a lighted bar.
See 1BM, [0012], [0021], [0029]-[0035], [0044]-[0045], [0047], claims 7 and 17;
Lipoff, [0102]; supra Sections IV.A.2.a.iii (as to [1b]’s “sound pick-up state
determination step”); see also infra IV.A.2.e.x (as to element [91]).

vi.  [9e] a light emission device configured to emit
light;

IBM discloses [9¢] because it discloses a feedback output device, including a
“lighted bar” for displaying feedback to users. IBM, [0012], [0040]; Lipoft, [0103]-
[0105]; see also 374 patent, 26:2 (describing the light-emitting device as “for visual
notification™), 26:51-52, 33:17-19.

vii.  [9f] a control unit configured to control the light-
emitting device so that the light-emitting device
is turned off, turned on or repeatedly turned on
and off based on the communication mode
switched by the communication-mode switching
unit, and the pick-up state of the voice sound
picked up by the first pick-up unit determined
by the sound pick-up state determination unit;
and

IBM renders [9f] obvious because one of ordinary skill would have

99 ¢¢

understood IBM’s feedback generation system turns its lighted bar “off,” “on,” or
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repeatedly “on and off” when it controls the feedback displayed to a user regarding
the sound-pick up state for captured speech determined at element [9d]. Supra
Section IV.A.2.a.iv (as to [1c]’s “control step”); Lipoff, [0106].

viii. [9g] a speech-quality evaluation unit configured

to evaluate speech quality of the first speech
signal to be transmitted by the transmitter unit,

IBM also discloses [9g] because IBM detects conditions leading to degraded
acoustic quality in the captured audio transmitted for feedback to the user. See IBM,
[0012]-[0013], [0023], [0036], [0037], [0047]; Lipoft, [0107]-[0109]. IBM explains,
for example, “[t]he acoustic quality control system detects conditions regarding
capturing of audio input to the microphone system.” IBM, [0012]-[0013], [0023].

In other embodiments, IBM describes “[t]hese acoustic quality control
functions [being] supported by system modules such as the environment
interpretation system (113) ....” Id., [0036]. “In particular, the environment
interpretation system (113) can implement methods for processing sensor data and
environmental static noise to detect conditions that could possibly have an adverse
affect [sic] on the decoding accuracy of speech data . ...” Id., [0037].

As further explained supra Section IV.A.2.a.v (as to element [1d]),
environment interpretation system (113) evaluates the audio signal for speech
quality based on static noise detected in the signal, distance or orientation between

the microphone and speaker’s mouth, and/or other data indicating an adverse effect
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on acoustic quality of the audio input. /d., [0026], [0037]. IBM’s feedback
generation system (114) implements “process[es] and render[s] feedback data output
from the environment interpretation system (113),” which gets transferred to
external components via I/O Manager (111) for presentation to a user via the

feedback output device (108):
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IBM, Fig. 2 (Environmental Interpretation System 113 Feedback)

IBM, Fig. 2, [0039]; see also id., [0012] (“In one embodiment, the acoustic quality
control system provides feedback to a user regarding a detected condition having an

adverse affect [sic] on an acoustic quality of audio input.”), [0023], [0036].
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ix. [9h] wherein the sound pick-up state
determination unit determines the sound pick-
up state of the voice sound picked up by the first
sound pick-up unit based on the speech quality

of the speech signal evaluated by the speech-
quality evaluation unit; and

IBM also discloses [9h] because, as further detailed supra Section IV.A.2.a.vi

(as to element [le]), microphone manager (110) determines the speech quality of

speech captured when, e.g., a user presses the microphone button to bring the system

out of detection mode and into transmission mode. See IBM, [0012], [0039]-[0040],
[0045]-[0048], claim 2; Lipoff, [0110].

X. [9i]] a speech-segment determination unit

configured to determine whether or not the first

speech signal to be transmitted by the
transmitter unit is a speech segment,

IBM discloses [91] because, as further detailed supra Section IV.A.2.vii (as to
[le.i]’s “speech-segment determination step”), microphone manager (110) employs
multiple systems to determine speech segments on captured audio according to
discussed pre-processing and speech processing techniques. See IBM, [0021],
[0027]-[0029]; Lipoft, [0111]. For example, microphone control system (15)
operates in conjunction with speech activity detection system (14) to identify
segments of captured audio having relevant speech data. IBM, [0021]; Lipoff,
[0111]. Moreover, microphone interaction control system (112) uses the timing of

speech to identify boundaries of speech segments, IBM, [0021], [0027], and user
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behavior interpretation system (115) and audio data processing system (116) further

provide speech activity and segment detection support based on multimodal input

from various sensors (e.g., cameras, biometric sensors, tactile sensors, etc.). IBM,

[0029].

Xi.

[9j]] wherein, the sound pick-up state
determination unit determines the sound pick-
up state of the sound to be transmitted as the first
speech signal based on a determination result at
the speech-segment determination unit and an
evaluation result at the speech-quality
evaluation unit.

IBM renders [9]] obvious because IBM’s system determines the status of

speech activity received at its microphone(s) based on both the presence of speech

and assessed quality. Supra Section IV.A.2.a.viii (as it relates to Claim 1’s

corresponding [ 11]).

f. Claim 10: The communication apparatus according to
claim 9, wherein the light-emitting device is turned on
if the communication mode is switched into the
transmission mode, whereas the light-emitting device
is repeatedly turned on and off based on the pick-up
state determined by the sound pick-up state
determination unit if the communication mode is
switched into the transmission mode.

IBM renders dependent claim 10 obvious because, as further detailed supra

Section IV.A.2.b (as to corresponding dependent claim 2), IBM discloses a versatile,

lighted bar for providing feedback in a number of ways to reflect the system’s

processing condition through controlling light emission while processing received
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voice commands. IBM, [0040]. One of ordinary skill would have thus appreciated
from IBM that its feedback generation system discloses a lighted bar that is turned
off, turned on, or repeatedly turned on and off according to speech segment and
speech quality determinations based on its communication mode. Supra
Section IV.A.2.b; Lipoft, [0113].

g. Claim 13

i [13a] The communication apparatus according
to claim 9, wherein the control unit controls the
light-emitting device so that the light-emitting
device is turned off if the communication mode
is the standby mode,

IBM renders [13a] obvious because the IBM system turns off its lighted bar
while in “detection mode.” See IBM, [0040]-[0044]; Lipoff, [0114]. IBM discloses
different operating modes “depending on the target application,” including speech
command and control environments that switch between sleep and wake states to
receive and respond to a user’s commands. IBM, [0042]; Lipoff, [0014], [0129];
supra Section IV.A.2.a.ii. In detection mode (standby mode), IBM’s system does
not provide feedback to users using the lighted bar and is “turned off.” /d., [0040],
[0043]-[0044]; Lipoff, [0129]; see also ’374 patent, 5:25-27 (“Thus, the light-
emission control unit 105 turns off the light-emitting device 106 with no drive
current supplied thereto.”). In particular, IBM discloses operating in “detection

mode”—standby mode—by deactivating the microphones and ceasing transmission
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of audio data for recording, speech processing, and feedback . IBM, [0043]-[0044].

IBM’s system remains in detection mode until detecting the onset of speech activity

based on, e.g., “user activation of a microphone control button” or sensed conditions

(e.g., visual or biometric sensing). Id., [0043]-[0046], [0020] (“[S]peech activity

events include user interactions with microphone switch buttons, speech intent

events that indicate a user's intention to speak into the microphone (as determined

based on processing of biometric feature data of the user and/or from data acquired

from tracking behavioral characteristics of the user, etc.”).

il

[13b] the light-emitting device is turned on if the
communication mode is the transmission mode
and if the speech signal to be transmitted is not
the speech segment, the light-emitting device is
turned on if the communication mode is the
transmission mode, if the speech signal to be
transmitted is the speech segment, and if the
speech quality of the speech signal to be
transmitted is evaluated as bad, and the light-
emitting device is repeatedly turned on and off if
the communication mode is the transmission
mode, if the speech signal to be transmitted is the
speech segment, and if the speech quality of the
speech signal to be transmitted is evaluated as
good.

IBM renders [13b] obvious because it indicates voice quality using different

colors and changes the “length of brightness” on its lighted bar to track voice

activity, as further detailed in Section [V.A.2.a.iv (discussing [1c] as it relates to “a

control step of controlling the light-emitting device so that the light-emitting device
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is turned off, turned on or repeatedly turned on and off based on determination results
of the communication-mode determination step and the sound pick-up state
determination step”). See IBM, [0012], [0023], [0027], [0036], [0039], [0040],

[0060]; Lipoff, [0114].
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Ground 2: IBM and Kale Render Obvious Claims 4, 6-8, 11, 12,

Kale, filed July 28, 2010, and published February 2, 2012, qualifies as prior

art to the 374 patent under at least pre-AIA §102(a). Kale discloses a “noise

cancellation device” and method. The device includes infer alia two microphones, a

direction of arrival (DOA) module, a beamformer, and an Inverse Fast Fourier

Transform (IFFT) module. Kale, [0028], Fig. 8. Kale’s microphones detect “two

[sound] sources,” (e.g., “speech” and “noise”) and ‘“generate respective raw audio

data 835, 845.” Kale, [0028], [0043], FIGS. 8-9.
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Kale, FIG. 8 (Annotated)
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As reflected in Figure 8, the FFT modules “determine which of the raw audio
data signals comprises the speech signal” using “factors ... such as common
formants, formants with known patterns, etc.” and output a frequency-domain
“speech signal” 845, 850 to the DOA module and beamformer. Kale, [0003], [0043]-
[0044], FIG. 8. The DOA module “determin[es] the direction from which the speech
data arrived” and outputs a “DOA data signal” 860 containing the direction
information to the beamformer. Kale, [0028], [0031], [0046], FIGS. 8-9. Finally, the
beamformer uses the inputted speech signal and direction information to “modify
[the] audio signal to isolate a speech therein” or “enhance a speech of an audio
signal” by “eliminating” the noise contained in the received audio signal” before
applying a an inverse FFT to return to the time domain. Kale, [0040], [0047]-[0048],
FIGS. 8-9.

2. Motivation to Combine

IBM and Kale are analogous art to the *374 patent because they are in the
same field of endeavor: audio signal processing. Compare, e.g., Kale, Abstract, and
IBM, [0002]-[0008], [0025], with 374 patent, 1:17-2:35, 38:3-13; Lipoff, [0118].
Furthermore, IBM and Kale share a common goal with the ’374 patent: improving

noise reduction methods to enhance voice sound quality. Compare Kale, Abstract,

and IBM, [0012], [0023], [0035], [0039], with *374 patent, 24:6-18, 36:56-37:8,
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37:33-47; Lipoff, [0118]. Kale’s disclosure merely provides additional techniques
for doing so based on microphone direction. IBM, passim; Lipoft, [0118].

Kale also makes clear its noise cancellation device may serve as a component
to a larger system, explaining the device “may be incorporated with any electronic
device that includes an audio receiving device such as a microphone.” Kale, [0028].
In view of the above, one of ordinary skill would have had a reasonable expectation
of success in configuring IBM’s intelligent microphone system with Kale’s voice
direction detector and associated noise-processing techniques because it would have
merely required routine skill in the art to do so. For example, a POSITA would have
understood Kale’s noise-suppression techniques based on voice-direction would
precede IBM’s existing noise reduction techniques to further enhance voice sound
quality. Lipoft, [0119].

Given that IBM and Kale disclose similar systems that operate in a similar
manner and are directed to similar problems, a POSITA would have been motivated
to consider their combined teachings. Lipoff, [0118]-[0120]. Additional rationales

for the combination are otherwise provided below for specific claim elements.
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3. Claims 4 and 11
a. Claim 4

i. [4a] The condition notification method
according to claim 1 further comprising a noise
cancellation step of performing noise
cancellation to a first speech signal input from a
first sound pick-up unit by using a second speech
signal input from a second sound pick-up unit,
the first and second sound pick-up units being
provided for the simplex communication
apparatus,

IBM, alone or in combination with Kale, renders 4[a] obvious because both
improve acoustic quality by cancelling noise from a speech signal received at one
microphone based on the signal detected by another microphone. See IBM, [0037],
[0053]; Kale, Abstract, [0003], [0028] [0043], FIGS. 8-9; Lipoff, [0121]-[0124]; see
also ’374 patent, 1:29-32 (Background of the Invention). IBM discloses a
microphone system with “a microphone that is dedicated to capturing environmental
noise and another microphone for capturing speech input.” IBM, [0037], [0053].
IBM’s environmental interpretation system (113) “implement[s] known techniques
for determining whether noise captured by the microphone is speech or static
environmental noise.” IBM, [0053]. For example, IBM explains:

[E]nvironment interpretation system (113) can determine or otherwise
detect the static environmental noise in an audio signal received via a
user microphone or a microphone specifically implemented as a

detector of the non-speech environment and generate and update
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models/parameters of the environmental noise (117c), which are stored

in local memory (117).

IBM, [0037]; see also id., [0038], [0043]. IBM further describes making
“adjustments to microphone and/or decoding parameters” to reduce environmental
noise levels based on the audio signals received. IBM, [0037]. For example, IBM
describes “transforming a speaker’s voice by adapting microphone volume
sensitivity depending on environmental input received from the detector of non-
speech environment.” /d. Based on these disclosures, one of ordinary skill would
have understood IBM’s adapting microphone sensitivity discloses [4a] because it
performs noise cancellation by manipulating a main signal (from the voice
microphone) based on another signal (from the noise microphone). Said another
way, IBM effects noise cancellation to the speech signal received from a microphone
dedicated for speech based on the noise observed from the noise signal received from
the microphone dedicated to noise. Lipoff, [0123].

Moreover, to the extent SoundClear argues that adjusting microphone
sensitivity does not render [4a] obvious, Kale offers a “noise cancellation device”
that performs other known techniques for noise cancellation using multiple
microphones that also render [4a] obvious. Kale, [0003], [0028], FIG. 8; Lipoft,
[0124]. Kale’s noise cancellation device provides “two microphones” for detecting

“two [sound] sources,” e.g., “speech” and “noise.” Kale, [0028] [0043], FIGS. 8-9.
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Using the speech and noise sources, Kale describes “modify(ing) an audio signal to
isolate a speech therein” by “eliminating” noise contained in the received audio
signal. Kale, [0003], [0034], Abstract. In other words, Kale eliminates noise in the
dedicated speech signal by removing parts of its audio profiles common to the noise
detected by the noise microphone. /d.; Lipoff, [0124] (citing Kale, [0040], [0047]-
[0048], FIGS. 8-9). Accordingly, IBM taken alone or in combination with Kale
renders 4[a] obvious. Supra Section IV.C.2.

il. [4b] wherein, speech quality of a speech signal

after the noise cancellation is evaluated in the
speech-quality evaluation step.

IBM discloses [4b] because, like the 374 patent, it describes embodiments
that seek to improve audio quality automatically before evaluating the captured
audio. See IBM, [0012], [0023], [0027], [0036], [0039], [0040]; Lipoft, [0125]; see
also ’374 patent, 40:3-14. As IBM explains, “[b]y automatically adjusting the
microphone parameters, the system may be better adapted to the speaker under
changing noise levels to thereby enhance the quality of the captured speech data.”
IBM, [0054]. In other words, IBM seeks to enhance the quality of its received audio
before providing evaluating and providing feedback to the user on the audio’s
quality. Lipoff, [0125]. One of ordinary skill would thus understand IBM evaluates
captured audio for quality after applying noise-cancellation to improve its quality.

1d.
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b. Claim 11

i. [11a] The communication apparatus according
to claim 9 further comprising a second sound
pick-up unit configured to pick up a voice sound;

IBM discloses [11a] because it discloses using more than one microphone to

pick up speech. See IBM, [0038], [0053], Fig. 2; Lipoff, [0126], [0121]-[0124];

supra Section IV.B.3.a.i. IBM’s microphone system 101 includes “a plurality of

different microphones (102) that are implemented for different tasks.” IBM, [0038].

“Moreover, one or more microphones (102) can serve to capture speech input from

speakers ....” IBM, [0038]; see also id., [0046]. In particular, “the microphone

system (101) in FIG. 2, for example, can include a microphone that is dedicated to
... capturing speech input.” IBM, [0053], Fig. 2.

ii. [11b] a noise cancellation unit configured to

perform noise cancellation to the first speech

signal input from the first sound pick-up unit by

using a second speech signal input from the
second sound pick-up unit,

IBM, alone or in combination with Kale, renders [11b] obvious as further
detailed supra Section IV.B.3.a.i with respect to [4a]’s: “performing noise
cancellation to a first speech signal input from a first sound pick-up unit by using a

bl

second speech signal input from a second sound pick-up unit . ...
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iii. [11c] wherein the transmitter unit transmits a
speech signal after the noise cancellation by the
noise cancellation unit and the speech-quality

evaluation unit evaluates speech quality of the
speech signal after the noise cancellation.

IBM also discloses [11c] embodiments seeking to improve audio quality
automatically before evaluating captured audio. See IBM, [0012], [0023], [0027],
[0036], [0039], and [0040]; Lipoff, [0125]; supra Section IV.B.3.a.ii (as to element
4[b]). “By automatically adjusting the microphone parameters, the system may be
better adapted to the speaker under changing noise levels to thereby enhance the
quality of the captured speech data.” IBM, [0054]; see also supra Section IV.B.3.a.1
(as to element [4a]); Kale, [0028] [0043], FIGS. 8-9. After noise cancellation,
“feedback generation system (114) may implement methods to provide feedback to
a user about different parameters/conditions affecting the quality of captured audio
due to inefficient microphone use or sub-optimal decoding parameters, etc., which
could not be fixed automatically.” IBM, [0039] (emphasis added).

4. Claim 7

a. [7a] The condition notification method according to
claim 4, wherein, in the control step, the light-emitting
device is turned off if the communication mode is the
standby mode,

IBM, alone or in combination with Kale, renders [7a] obvious because both
cancel noise from a speech signal at one microphone based on the speech signal

detected by another according to claim 4, and IBM’s system further turns the lighted
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bar off while in “detection mode.” See IBM, [0040]-[0044]; Lipoft, [0129]; supra
Sections [V.A.2.a.vi (as to element [1e]), IV.B.3.a (as to claim 4).

IBM discloses different operating modes “depending on the target
application,” including speech command and control environments that switch
between sleep and wake states to receive and respond to a user’s commands. IBM,
[0042]; Lipoff, [0129]; supra Section IV.A.2.ii. In detection mode, IBM’s system
does not provide feedback to users using the lighted bar and is “turned off.” /d.,
[0040], [0043]-[0044]; Lipoff, [0129]; see also 374 patent, 5:25-27 (“Thus, the
light-emission control unit 105 turns off the light-emitting device 106 with no drive
current supplied thereto.”) In particular, IBM discloses operating in “detection
mode”—standby mode—by deactivating the microphones and ceasing transmission
of audio data for recording, speech processing, and feedback. IBM, [0043]-[0044].
IBM’s system remains in detection mode until detecting the onset of speech activity
based on, e.g., “user activation of a microphone control button” or sensed conditions
(e.g., visual or biometric sensing). Id., [0043]-[0046], [0020] (“[S]peech activity
events include user interactions with microphone switch buttons, speech intent
events that indicate a user's intention to speak into the microphone (as determined
based on processing of biometric feature data of the user and/or from data acquired

from tracking behavioral characteristics of the user, etc.”).
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b. [7b] the light-emitting device is turned on if the
communication mode is the transmission mode and if
the speech signal to be transmitted is the speech
segment, and if the speech quality of the speech signal
to be transmitted is evaluated as bad, and the light-
emitting device is repeatedly turned on and off if the
communication mode is the transmission mode and if
the speech signal to be transmitted is the speech

segment, and if the speech quality of the speech signal
to be transmitted is evaluated as good.

IBM renders [7b] obvious because it indicates voice quality by turning on
different color lights to indicate voice quality and turns the lighted bar “repeatedly
on and off” while tracking voice activity. See IBM, [0012], [0023], [0027], [0036],
[0039], [0040]; Lipoff, [0130]-[0132]; supra Section [1c]. In particular, IBM uses
its feedback generation system (114) in transmission mode to control the feedback
displayed to the user on its lighted bar regarding the sound pick-up state. IBM,
[0012], [0023], [0027], [0036], [0039], [0040], [0060].

In one example, IBM discloses turning red or yellow lights of the feedback
output device “on” to indicate the SNR and/or other factors are impacting the
system’s ability to identify speech segments or obtain clear speech sounds. /d.,
[0040]. IBM also explains that when it can distinguish speech segments, “the system
can provide an indication to the user that the system is listening and capturing the
speech input when a length of brightness of a lighted bar quickly tracks the user's

voice activity.” Id. Thus, the lighted bar also “repeatedly turns off and on” as it tracks
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the user’s voice, turning “off” between speech segments and back “on” again as the
system recognizes and evaluates spoken words. Lipoff, [0131]. Indeed, IBM’s
lighted bar provides feedback for each of the *374 patent’s described LED states

corresponding to sound pick-up state determinations:

SOUND PICK-UP STATE DETERMINATION

COMMUNICATION MODE LED STATE
SPEECH SEGMENT
DETERMINATION ?)PEETEE%E%%-I[&\Y!
STANDBY MODE
NoT NO DETERMINATION NO DETERMINATION TURN OFF
IBM: Detection Mode
NON-SPEECH TURN ON
No2 SEGMENT NO DETERMINATION RED
TRANSMISSION MODE
No3 BAD SPEECH TURN ON
QUALITY YELLOW
SPEECH SEGMENT TURN ON
No4 GOOD SPEECH AND OFF

Table A (Annotating ’374 Patent, Fig. 13, with IBM’s Lighted Bar States)

Moreover, as discussed supra Section IV.A.2.iv (element 1[c]), the *374
patent never considered the LED on-off sequences inventive. 374 patent, 39:50
(“The light-emission control unit controls the light-emitting device (LED) in the
following manner in the embodiments, however, the present invention is not
limited thereto.”) (emphasis added). The ’374 patent instead explains that other

alternatives for conveying the same information work just as well. 1d., 39:61-40:2;
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see also Lipoft, [0132] (further citing Exs. 1009-1013). Accordingly, a POSITA

would have found [7b] obvious.

5. Claims 6 and 12

a. Claim 6

i.

[6a] The condition notification method
according to claim 1 further comprising a
microphone-direction determination step of
determining a direction of a main microphone
based on a phase difference of sounds picked up
by a first sound pick-up unit and a second sound
pick-up unit both provided for the simplex
communication apparatus,

The combination of IBM and Kale renders [6a] obvious because Kale

additionally detects the arrival direction of speech based on the “spatial orientation”

of received sound signals. Kale, [0003], [0028], [0031], [0039], [0046]; Lipoft,

[0133]-[0137]. As discussed supra Sections IV.B.a.i (as to element [4a]), both IBM

and Kale improve acoustic quality by cancelling noise from a speech signal received

at one microphone based on noise detected by another microphone. See IBM, [0037],

[0053]; Kale, Abstract, [0003], [0028], [0043], FIGS. 8-9; Lipoff, [0133]-[0134];

see also 374 patent, 1:29-32 (Background of the Invention). Kale’s noise cancelling

device further includes a “direction of arrival (DOA) module” for “determining the

direction from which the speech data arrived.” Kale, [0028], [0031], [0046],

FIGS. 8-9. The DOA module detects the arrival direction of the speech by

“comput[ing] a cross-correlation between the two [sound] signals 845, 850 that are
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based on the raw audio data and determining a “spatial orientation” of the signals.
Kale, [0003], [0031].

One of ordinary skill would have understood that the computed “cross
correlation” pertains to a phase-difference calculation, i.e., the difference between
the angle at which the first and second sound signals are received with respect to a
reference microphone. Lipoff, [0135]. Moreover, Kale explains that the DOA
module’s output includes the phases of the received sounds signals, i.e., “two angles
in degrees, the first being for a desired speech signal while the second is for noise.”
Kale, [0031]. Specifically, output “ON is the direction of noise and [output] S is the
direction of sound.” Kale, [0039].

Kale thus discloses that its DOA module detects the voice’s incoming
direction to the main microphone based on a phase difference between the first and
second sound signals from its dual microphone setup. Lipoft, [0136]. Indeed, one of
ordinary skill would have understood that these angles correspond to the phases of
the first and second sound signals—that is, 6N corresponds to the second sound
signal when it contains the noise signal and 0S corresponds to the first sound signal

when it contains the voice signal. Lipoff, [0137].
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il. [6b] the first sound pick-up unit including the
main microphone, wherein, in the speech-quality
evaluation step, the speech quality of the speech
signal to be transmitted is evaluated based on the
direction of the main microphone thus

determined in the microphone-direction
determination step.

IBM combined with Kale discloses or renders obvious [6b]. See IBM, [0036]-
[0038], [0043], [0047], [0053]; Kale, [0028] [0034] [0047]-[0048], FIGS. 8-9;
Lipoft, [0138]-[0139]. As discussed supra Sections IV.A.2.v and IV.A.l.c, IBM’s
system detects the existence of one or more conditions leading to degraded acoustic
quality of the captured audio. IBM, [0047]. Like Kale, IBM discloses a microphone
system (101) with “a microphone that is dedicated to capturing environmental noise
and another microphone for capturing speech input.” IBM, [0053]. “For instance,
the environment interpretation system (113) can determine or otherwise detect the
static environmental noise in an audio signal received via a user microphone or a
microphone specifically implemented as a detector of the non-speech environment
and generate and update models/parameters of the environmental noise . .. .” IBM,
[0037]; see also id., [0038], [0043], [0053]. IBM, however, does not explicitly
disclose evaluating speech based on the direction of the main microphone.

IBM does disclose, however, that its “acoustic quality control functions are
supported by system modules,” IBM, [0036], aligning with Kale’s explanation that

its noise cancelling device “may be incorporated with any electronic device that
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includes an audio receiving device such as a microphone.” Kale, [0028]. Kale’s
noise canceling device also includes a “beamformer” and “IFFT module” for
“modify[ing] an audio signal to isolate a speech therein” or “enhanc[ing] a speech
of an audio signal” based on voice direction. Kale, [0034]. In particular, Kale
explains that the beamformer/IFFT module reduces the noise component of
whichever signal contains the speech signal (either the first or second sound signal)
using the delayed noise signal (the other of the first or second sound pick up signal).
Kale, [0047]-[0048], FIGS. 8-9. Accordingly, one of ordinary skill would have been
motivated to implement Kale’s noise identification and reduction techniques based
on direction of the main microphone as part of IBM’s “acoustic quality control
functions are supported by system modules.” IBM, [0036]-[0038]; Kale, [0028],
[0047]-[0048], FIGS. 8-9. Lipoff, [0139].

b. Claim 12

i [12a] The communication apparatus according
to claim 11 further comprising a microphone-
direction determination unit configured to
determine a direction of a main microphone
based on a phase difference of the voice sounds
picked up the first and second sound pick-up
units, respectively,

Kale renders [12a] obvious because it discloses a direction of arrival (DOA)
module, as further detailed supra Section IV.A.2.a.i with respect to [6a] (“a

microphone-direction determination step of determining a direction of a main
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microphone based on a phase difference of sounds picked up by a first sound pick-
up unit and a second sound pick-up unit both provided for the simplex
communication apparatus”). See Kale, [0003], [0028], [0031], [0039], [0046];
Lipoft, [0133]-0137], [0140]; supra Section IV.C.2.

ii. [12b] the first sound pick-up unit including the
main microphone, wherein, the speech-quality
evaluation unit evaluates the speech quality of
the speech signal to be transmitted by the
transmitter unit based on the direction of the

main microphone thus determined by the
microphone-direction determination unit.

Kale renders [12b] obvious, as further discussed supra Section IV.A.2.a.i
with respect to [6b] (“the first sound pick-up unit including the main microphone,
wherein, in the speech-quality evaluation step, the speech quality of the speech
signal to be transmitted is evaluated based on the direction of the main microphone
thus determined in the microphone-direction determination step™). See IBM, [0036]-
[0038], [0043], [0047], [0053]; Kale, [0028] [0034] [0047]-[0048], FIGS. 8-9;

Lipoff, [0138]-[0139], [0141].
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C. Claims 8 and 15
i Claim 8

(a) [8a] The condition notification method
according to claim 1, wherein the speech-
segment determination step includes: a
frequency conversion step of converting a
signal input from a sound pick-up unit
provided for the simplex communication
apparatus into a signal component in unit
of a specific length in a frequency domain;
and

IBM and Kale, alone or in combination, disclose or at least suggest [8a]
because both reference speech recognition techniques in the frequency domain to
identify speech segments. See IBM, [0026], [0029]; Kale, [0003], [0043]-[0044];
Lipoft, [0142]-[0144] (further citing Exs. 1009-1010). IBM explains that ASR
system 120 provides support for speech-enabled applications using known automatic
speech recognition (ASR) techniques. See, e.g., IBM, [0026]. One of ordinary skill
would have appreciated from IBM’s disclosure, particularly its discussion of ASR
120, speech energy, etc., that existing spectral analysis techniques were both
understood and readily available for evaluating captured audio signals to identify
and distinguish voice and speech characteristics. Lipoff, [0142]; IBM, [0026],
[0029] (“The audio data processing system (116) may implement known audio-
based techniques for processing the audio input,” including determinations regarding

speech energy.).
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Accordingly, one of ordinary skill would have understood IBM’s disclosure
encompasses well-known Fast Fourier Transform (FFT) algorithms for converting
audio signals to their frequency domain equivalent to identify and distinguish
speech. Lipoff, [0143]. Among other things, one of skill would have understood that
transitioning to the frequency domain allows for the detection of speech onset and
offset by analyzing the voice signal for frequency components of a specific length.
ld.

Indeed, Kale provides explicit disclosure of this. Kale, [0043]-[0044]; Lipoft,
[0144]. The computation module, which may be an FFT module, “determine[s]
which of the raw audio data signals comprises the speech signal” using “factors . . .
such as common formants, formants with known patterns, etc.” Kale, [0043]-[0044];
see also [0003] (“A first transformed signal relates to speech data™), claim 1 (“first
computation modules receiv[e] raw audio data and generat[e] a respective
transformed signal as a function of formants, a first transformed signal relating to
speech data), claim 3 (“wherein the first computation modules are Fast Fourier
Transform (FFT) modules.”). One of ordinary skill would have considered these
teachings of Kale with IBM to “eliminate a maximum amount of the noise data by
performing noise cancellation “as a function of formant shaping and prioritizing

cancellation of noise at frequencies that are more sensitive over noise at frequencies
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that are less sensitive to noise is desired, thereby leading to significantly improved
audio performance.” Kale, [0003], [0022]; Lipoft, [0144].

(b) [8b] a sound determination step of
determining whether the signal input from
the sound pick-up unit carries a voice
component or a noise component based on
a spectrum component of the signal

component thus converted into the
frequency domain.

IBM and Kale disclose or at least suggest [8b] because both recognize speech
recognition techniques in the frequency domain to distinguish speech and noise
components. See IBM, [0053]; Kale, [0025]; Lipoff, [0145]-[0147] (further citing
Exs. 1009-1010); supra Section IV.A.2.f.i. As discussed supra Section IV.A.2.c.i,
IBM further discloses a microphone system having “a microphone that is dedicated
to capturing environmental noise and another microphone for capturing speech
input.” IBM, [0053]. IBM also explains that “the environment interpretation system
(113) can determine or otherwise detect the static environmental noise in an audio
signal received via a user microphone or a microphone specifically implemented as
a detector of the non-speech environment and generate and update
models/parameters of the environmental noise (117c)....” IBM, [0037]; see also
id., [0038], [0043], [0053].

Kale further discloses details known to those of skill in the art for operating

in the frequency domain. Kale, [0025]. For example, Kale explains that even though

60



Inter Partes Review
U.S. Patent No. 9,070,374

the spatial orientations of beams of microphones can at least partially reduce noise,
this “does not account for the psychoacoustics fact that the spatial intensity direction
and frequency intensity direction for noise is not always connected.” Kale, [022].
Kale goes on to describe a spectrogram of speech in Figure 6 involving an

“interfering talker and pink noise coming from a single location in space.” Id.

SPECTROGRAM OF PROCESSED SIGNAL WITH PINK NOISE AT-10dB
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Kale, Fig. 6.

One of ordinary skill would have understood from Figure 6 that “between 0.2-
0.3 seconds, the maximum intensity is around 500 Hz while between 0.4-0.5
seconds, the intensity is around 500 Hz as well as 2000 HZ and 3000 HZ,” reflecting

that “intensity is different at different frequencies and changes with time.” Kale,
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[0022]; Lipoft, [0147]. As taught by Kale, one of ordinary skill would consider these

teachings to “eliminate a maximum amount of the noise data by performing noise

cancellation “as a function of formant shaping and prioritizing cancellation of noise

at frequencies that are more sensitive over noise at frequencies that are less sensitive

to noise is desired, thereby leading to significantly improved audio performance.”

Kale, [0003], [0022]. Kale thus establishes that one of ordinary skill art understood

how to use speech recognition techniques in the frequency domain to distinguish

speech and noise components. One of ordinary skill would thus understand IBM and
Kale to each disclose, or at least suggest, element [8b].

il Claim 15

(a) [15a] The communication apparatus

according to claim 9, wherein the speech-

segment determination unit converts the

first signal input from the first sound pick-

up unit into a signal component in unit of

a specific length in a frequency domain
and

IBM and Kale each disclose, or at least suggest, [15a] because both refer to
using speech recognition techniques after conversion into the frequency domain for
identifying speech segments. See IBM, [0026], [0029]; Kale, [0003], [0029], [0043]-

[0044]; Lipoff, [0142]-[0144], [0148]; supra Section IV.B.4.c.i(b) (as it relates to

[8a]).
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(b) [15b] determines whether the first signal
carries a voice component or a noise
component based on a spectrum
component of the signal component thus
converted into the frequency domain.

IBM and Kale each disclose, or at least suggest, [ 15b] because both recognize
speech recognition techniques in the frequency domain to distinguish speech and
noise components. See IBM, [0037], [0038], [0043], [0053]; Kale, [0025]; Lipoff,

[0145]-[0147], [0149]; supra Section IV.B.4.c.i(b) (as it relates to [8b]).
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C. Ground 3: IBM, Kale, and Li Render Claim 14 Obvious
1. Overview of Li (Ex. 1007)
Li, filed July 28, 2009, and published February 3, 2011, qualifies as prior art

to the 374 patent under pre-AIA §102(b). Li discloses an “audio processing
apparatus” for “suppressing stationary and non-stationary noises.” Li, [0019]. The
apparatus includes two microphones (a main and a reference microphone), a voice
active detector, a beamformer, and a noise suppressor. Li, [0019], FIG. 2A. Noting
the importance of the microphones’ relative location for signal processing purposes,
Li explains that its main and reference microphone are disposed at different locations
such that the main microphone is closest to the speaker. Li, [0020]. Li also frames
its noise-suppression discussion with respect to a cell phone, explaining that “the
cellphone 300 comprises a front panel 310 and a back panel 320 and the main
microphone 202 is disposed on the bottom of the front panel 310, and the reference
microphone 204 is disposed on the top of the back panel 320.” L1, [0020].

Li’s main and reference microphones receive a “mixture of sounds”—from a
“source” (such as a “speaker’s mouth”) and a “non-source” (e.g. “noises”) before
“convert[ing] the mixture of the sounds and the noises [] into a main input M1 and
a reference input M2.” Li, [0020]. The converted inputs are then converted into

analog signals (S1, S2), calibrated (into signals C1 and C2), and input into the voice
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active detector (VAD), which uses the calibrated signals DOA estimation “to

generate a voice active signal V1.” Li, [0020], [0025], FIG. 2A.
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FIG. 2A
Li, FIG. 2A (Annotated)
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Li’s beamformer uses the voice active signal V1 to generate and output

“steering vector signal V2,” which “indicates [the] directional vector” of the source
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signal (voice signal) when voice is detected. L1, [0026], [0031], claim 13, FIGS. 2A,
3C. The beamformer also generates “main” and “reference” channels N1 and N2
(“corresponding to the sounds received from the source” and “the noises received
from non-source,” respectively) and outputs the signals to the noise suppressing unit.
Li, [0026]-[0027], FIG. 2A, 3D. Finally, the noise suppressing unit “suppress|es]
stationary and non-stationary noises in the main channel N1 and the reference
channel N2 according to the voice active signal V1, and integrate[s] the main
channel N1 and the reference channel N2 into a final signal F1.” L1, [0027], FIGS.
2A, 3A. Li then applies an inverse Short Time Fourier Transformation (STFT) to
“convert the final signal F1 of the frequency domain signals into a final output P1 of
the time.” /d.

2. Motivation to Combine

IBM, Kale, and Li are analogous art to the 374 patent because they are in the
same field of endeavor: audio signal processing. Compare, e.g., Li, [0020] (“The
placement of the two microphones is advantageous for signal processing”), and
IBM, [0002]-[0008], [0025], with 374 patent, 1:17-2:35, 38:3-13; Lipoft, [0153].
Furthermore, IBM and Li also share another common aim with the ’374 patent,
namely enhancing voice sound quality by automatically calibrating microphone
sensitivity to reduce noise in a double microphone setup. Compare IBM, [0006],

[0013] and Li, [0002], [0007]-[0008], [0022]-[0024], with *374 patent, 1:17-2:35;
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Lipoft, [0153]. Li’s disclosure merely describes additional techniques for doing so
based on the direction of the speaker relative to the main microphone. Li., passim;
Intel Corporation v. PACT XPP Schweiz AG, 61 F.4th 1373, 1380 (Fed. Cir. 2023)
(“[1]f there's a known technique to address a known problem using ‘prior art
elements according to their established functions,” then there is a motivation to
combine.”).

For example, IBM explains that already traditional ASR systems “determines
the volume of the speaker’s voice relative to the static environmental noise, which
is then used to adjust the sensitivity and volume of the microphone input.” IBM,
[0006]. IBM goes on to explain that its “the acoustic quality control system can
detect a change in an environmental static noise level [based on a determined
distance from the speaker] and automatically adjust a microphone volume sensitivity
parameter.” IBM, [0013]; see also id., [0037], [0054]-[0055].

Likewise, Li explains that its disclosure “relates to an audio processing
apparatus and method for microphone sensitivity calibration.” Li, [0020]. And like
IBM and the ’374 patent, Li provides a main microphone for voice and another for
“noises from non-source sources.” Compare Li, [0020] with 374 patent, 1:29-51,
7:37-44 and IBM, [0038], [0046], [0053], Fig. 2. And with this double microphone
setup, “[t]he present invention uses the diffuse noises to calibrate the sensitivity

mismatch between the microphones 202 and 204.” Li, [0024]. However, Li adjusts
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its microphone sensitivity based on the direction from which the sound came. Lipoff,
[0155].

Accordingly, at least because Li discloses a similar system that operates in a
similar manner and is directed to similar problems as the 374 patent and IBM, a
POSITA would have been motivated to consider their combined teachings.
Compare, e.g., Li, [0020] and IBM, [0002]-[0008], [0025] with 374 patent, 1:17-
2:35, 38:3-13 and IBM, [0002]-[0008], [0025]; Intel, 61 F.4th at 1380; Lipoff,
[0153]-[0156].

3. Claim 14: The communication apparatus according to
claim 11, wherein the first and second sound pick-up units
are a main microphone and a sub-microphone, respectively,
and the main microphone and the sub-microphone are

arranged at a front face and a rear face of the communication
apparatus, respectively.

Like IBM and the *374 patent, Li describes a noise cancellation system having
a double microphone setup. Li, [0021]. Moreover, and as illustrated in Figure 2B
below, Li’s apparatus includes a “main microphone” and a “reference microphone”
(first and second microphones) disposed along front and back panels of, e.g., a cell

phone. Li, [0020], FIGS. 2A, 2B.
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Second
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FIG. 2B

Li, Fig. 2B (Annotated with First and Second Microphones)
Li, FIG. 2B (annotated). Accordingly, Li discloses a main microphone and a sub-
microphone arranged at a front face and a rear face of a communication apparatus,
respectively. Li, [0020]-[0021], FIGS. 2A, 2B; supra Section IV.C.2.; Intel, 61 F.4th
at 1380 (Fed. Cir. 2023) (“[1]f there's a known technique to address a known problem
using ‘prior art elements according to their established functions,” then there is a

motivation to combine.”); Lipoft, [0159]-[0160].
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V. Discretionary Denial is Not Warranted
A. 35U.S.C. § 314(a) Does Not Warrant Discretionary Denial
Apple Inc. v. Fintiv, Inc., IPR2020-00019, Paper 11 at 5-6 (Mar. 20, 2020)

(precedential), and the Office’s interim guidelines dated June 21, 2022 (“Guidance
Memo”), do not warrant discretionarily denying institution.

Petitioner is defendant in the parallel litigation captioned SoundClear
Technologies LLC v. Google LLC, 2-24-cv-00321, (E.D. VA May 1, 2024). The
Fintiv factors do not favor institution because no trial date has been set in the
parallel litigation and the litigation is in its infancy. Specifically:

Factors 1 and 2 favor institution because no trial date has been set. Factor 3
favors institution because petitioner was diligent in filing this petition and the
parties have made minimal investment in the parallel proceeding—discovery has
not opened, contentions have not been exchanged, no Markman has been held.
Factor 4 favors institution because the parties have not exchanged final contentions
and any overlap in the issues at this stage is speculative at best. Factor 5 is at least
neutral and Factor 6 is irrelevant because Factors 1-5 favor institution.

Accordingly, the Fintiv factors favor institution and the Board should not

exercise its discretion to deny institution.
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B. 35U.S.C. § 325(d) Does Not Warrant Discretionary Denial

The Board should not exercise its discretion to deny institution under § 325(d)
because none of the references cited in this Petition were previously presented to or
evaluated by the Examiner. See generally Ex. 1002. Accordingly, the first part of the
Advanced Bionics framework is not satisfied because this Petition includes grounds
based on combinations of prior art not previously considered by the Office.

Even if an analysis under part 2 of Advanced Bionics were warranted, the
asserted Grounds demonstrate that the Examiner erred when evaluating the prior art.
As discussed supra Sections [.A.2.ii1, [.LA.2.v-1.LA.2.vii1, [LA.1.g.v, and 1.A.1.g.viii-
[LA.1.g.x, IBM discloses the allegedly allowable subject matter corresponding to
[1b] and [1d]-[le.i] identified by the Examiner during prosecution. Ex. 1002, 35-36.

Accordingly, this Petition presents evidence and facts that warrant

reconsideration and Petitioner respectfully requests the Board institute review.
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VI. Mandatory Notices under 37 C.F.R. § 42.8
A. Real Party-in-Interest

The Petitioner and the real party-in-interest is Google LLC.?

B. Related Matters

To the best of Petitioner’s knowledge, the *374 patent is or has been

involved in the following cases:

Name Number Forum Filed
SoundClear Technologies 2-24-cv-00321 EDVA May 1, 2024
LLCv. Google LLC
SoundClear Technologies 2-24-cv-00320 | EDVA May 1, 2024
LLC v. Amazon.Com, Inc. et
al.

2 Google LLC is a subsidiary of XXVI Holdings Inc., which is a subsidiary of
Alphabet Inc. XXVI Holdings Inc. and Alphabet Inc. are not real parties-in-interest

to this proceeding.
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Petitioner provides the following designation of counsel:

Lead Counsel

Back-Up Counsel

Erika H. Arner (Reg. No. 57,540)
erika.arner@finnegan.com
Finnegan, Henderson, Farabow,
Garrett & Dunner, LLP

1875 Explorer Street

Suite 800

Reston, VA 20190-6023

Tel: 571-203-2754

Fax: 202-408-4400

Cory C. Bell (Reg. No. 75,096)
cory.bell@finnegan.com
Finnegan, Henderson, Farabow,
Garrett, & Dunner LLP
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Fax: 202-408-4400

Michael V. Young (Reg. No. 61,180)
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Garrett & Dunner, LLP

1875 Explorer Street

Suite 800

Reston, VA 20190-6023

Tel: 571-203-2788

Fax: 202-408-4400

Safiya Aguilar (Reg. No. 77,212)
safiya.aguilar@finnegan.com
Finnegan, Henderson, Farabow,
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901 New York Avenue, NW
Washington, DC 20001-4413
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D. Service Information Under 37 C.F.R. § 42.8(b)(4)

Please address correspondence to lead and backup counsel at the addresses
above and Google-Soundclear-IPRs@finnegan.com. Petitioner consents to
electronic service by e-mail.

VII. STANDING

Petitioner certifies that the *374 patent is available for infer partes review
and Petitioner is not barred or estopped from requesting inter partes review to
challenge the claims on the grounds herein.

VIII. CONCLUSION

Petitioner requests the Board institute this IPR and find all claims
unpatentable.
Date: February 10, 2025 Respectfully submitted,

/Erika H. Arner/
Erika H. Arner

Lead Counsel
Reg. No. 57,540
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