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I. INTRODUCTION 

Petitioner, Krisp Technologies, Inc. (“Petitioner”) requests Post-Grant 

Review (“PGR”) of Claims 1-20 (the “Challenged Claims”) of U.S. Patent No. 

12,417,756 (the “’756 Patent”). 

II. SUMMARY OF THE ’756 PATENT 

A. Description of the ’756 Patent 

The ’756 Patent is generally directed to audio analysis and real-time accent 

mimicking. EX1001, 1:10-12. To accomplish the accent mimicking, the patent 

proposes a speech processing system which performs the following steps: 
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EX1001, Fig. 4.  

B. Summary of the Prosecution History 

The Application that resulted in the ’756 Patent was filed on January 17, 2025, 

and purports to claim priority to provisional patent application No. 63/678,180, filed 

on August 1, 2024. EX1001, (22), (60). For purposes of this Petition and without 

waiving its right to challenge priority in this or any other proceeding, Petitioner 

applies August 1, 2024, as the priority date for the Challenged Claims. 

Applicant received a non-final rejection on March 13, 2025, in which the 

claims were rejected as anticipated and obvious in view of the prior art. EX1002, 

82-85. In response, the Applicant amended the claims to narrow the scope of 

“generated characteristics.” EX1002, 89-100.  

The Examiner found the claims patentable in view of these amendments: 

Prior art of record discloses a similar method, but fails to teach 

the claims in combination with analyzing obtained second input 

audio data associated with second input speech associated with a 

second accent of a second user to generate characteristics 

specific to a natural voice of the second user, wherein the 

generated characteristics correspond to vocal traits that are 

distinct to the second user and comprise one or more of a voice 

quality or one or more phonetic patterns, prosodic features, 

articulation styles, or intonation patterns and synthesizing a 

modified version of the second input speech by modifying the 

obtained second input audio data based on the generated 
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characteristics and the extracted accent features, wherein the 

modified version of the second input speech preserves aspects of 

the natural voice of the second user and mimics the first accent. 

EX1002, 132. 

C. Level of Skill of a Person Having Ordinary Skill in the Art 

A PHOSITA at the time of the ’756 Patent would have had a master’s degree 

in computer engineering, computer science, electrical engineering, or a related field, 

with at least two years of experience in the field of speech processing and machine 

learning, or a bachelor’s degree in the same fields with at least four years of 

experience in the field of speech processing. Additional education or experience 

might substitute for the above requirements. EX1003, ¶27.1 

III. REQUIREMENTS UNDER 37 C.F.R. § 42.204 

A. Grounds for Standing Under 37 C.F.R. § 42.204(a) 

Petitioner certifies the ’756 Patent is eligible for post-grant review and that 

the Petitioner is not barred or estopped from requesting a PGR challenging the 

claims of the ’756 Patent. 37 C.F.R. § 42.204(a).  Further, this Petition is filed within 

nine months of the date of the grant of the ’756 Patent (September 16, 2025). 37 

C.F.R. § 42.202. 

 
1 All citations to EX1003 are to paragraph numbers in the Declaration of Christopher 

Schmandt. 
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B. Identification of Challenge Under 37 C.F.R. § 42.204(b) 

In view of the prior art and evidence presented, the Challenged Claims of the 

’756 Patent are unpatentable and should be canceled. 37 C.F.R. § 42.204(b)(1). 

Further, based on the prior art references identified below, PGR of the Challenged 

Claims should be granted. 37 C.F.R. § 42.204(b)(2). 

Claim(s) Basis2 Reference(s) 

1-3, 6 § 103 Nguyen (EX1004), Kee (EX1012), Dirac (EX1005), 
Narayanan (EX1006) 

4 § 103 Nguyen, Kee, Dirac, Narayanan, Kamruzzaman 
(EX1011) 

5 § 103 Nguyen, Kee, Dirac, Narayanan, Wang (EX1007) 

7-11, 13 § 103 Nguyen, Dirac, Narayanan, Kamruzzaman 

14-17, 19-20 § 103 Nguyen, Dirac, Narayanan, Wang 

12, 18 § 103 Nguyen, Dirac, Narayanan, Kamruzzaman, Wang 

 
C. Claim Construction Under 37 C.F.R. § 42.204(b)(3) 

In this proceeding, claims are interpreted under the same standard applied by 

Article III courts (i.e., the Phillips standard). 37 C.F.R. § 42.200(b); Phillips v. AWH 

Corp., 415 F.3d 1303, 1312 (Fed. Cir. 2005) (en banc). For purposes of this 

proceeding, Petitioner applies the plain and ordinary meaning of all claim terms as 

understood by a PHOSITA, unless specifically noted below. 

 
2 The AIA version of 35 U.S.C. § 103 applies. 
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Petitioner proposes that “characteristics specific to a natural voice of the 

second user” should be construed as “speaker-specific attributes that are globally 

representative of the second user’s voice and that are used to maintain the 

second user’s voice throughout synthesis.” The specification consistently 

describes the claimed “characteristics specific to a natural voice of the second 

user” as speaker-specific information of the second user that is used globally to 

maintain the natural sound of the second user throughout the speech modification 

process. EX1001, 4:59-63, 5:1-15, 5:64-6:3, 6:19-23. 

IV. SHOWING OF ANALOGOUS, PRIOR ART 

The prior art is analogous to the claimed invention of the ’756 Patent. The 

prior art is from the same field of endeavor as the ’756 Patent, namely speech audio 

processing. EX1001, Abstract, 1:10-12, 2:14-22; EX1004-Nguyen, Abstract, 

[0075], [0098], [0117]; EX1005-Dirac, Abstract, 1:5-20, 2:19-22, 3:12-17; EX1006-

Narayanan, Title, Abstract, [0004], [0017]; EX1011-Kamruzzaman, Title, Abstract, 

2-3; EX1012-Kee, [0027]; EX1007-Wang, Abstract, [0028], [0030], [0047]; 

EX1003, ¶¶49, 53, 56, 59, 62, 65, 68, 71. 

The prior art is also reasonably pertinent to at least one problem facing the 

’756 Patent inventors, namely at least one of: 

(A) Retaining the voice characteristics of a speaker while processing speech 

audio. EX1001, Abstract, 1:45-55, 5:11-15, 6:32-40, 7:44-48; EX1004-
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Nguyen, Abstract, [0013], [0016], [0072], [0073], [0076]; EX1006-

Narayanan, Abstract, [0018], [0023]-[0024], [0035], [0075], EX1007-

Wang, Abstract, [0030], [0036], [0047], [0049]; EX1003, ¶¶63, 72. 

(B)  Performing real-time accent conversion. EX1001, Title, 1:10-12, 1:35-

44, 1:49-55; EX1004-Nguyen, [0012]-[0013], [0099]; EX1005-Dirac, 3:7-

9, 7:61-8:15; EX1003, ¶¶57, 60. 

(C)   Extracting vocal features that are unique to a speaker. EX1001, 4:19-

29, 5:1-5, 7:58-67, 8:34-47; EX1011-Kamruzzaman, Abstract, 1-2, 5; 

EX1003, ¶66. 

(D) Inputting and outputting audio data. EX1001, 3:4-7; EX1012-Kee, 

[0027]; EX1003, ¶69. 

A. Overview of Nguyen 

U.S. Patent Application Publication No. 2024/0098218 (“Nguyen”) was filed 

on January 30, 2023, and published on March 21, 2024. Nguyen claims priority to 

provisional application No. 63/406,942 filed on September 15, 2022. Nguyen, 

therefore, is prior art to the ’756 Patent under 35 U.S.C. §§ 102(a)(1)-(2). Nguyen 

was not cited or considered during the prosecution of the ’756 Patent. See generally 

EX1001, EX1002. 

Nguyen teaches “accent conversion for virtual conferences[.]” EX1004-

Nguyen, Title, [0018]. Nguyen’s accent conversion is accomplished by one or more 
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accent conversion (“AC”) models. The AC models “receive audio streams from the 

virtual conference and each generates an output audio stream having the 

corresponding target accent.” EX1004-Nguyen, [0070].  

In one embodiment, the system performs accent detection on the participants 

in a virtual conference. EX1004-Nguyen, [0095]. When audio streams with different 

accents are detected, a user is prompted and may select to perform accent conversion. 

EX1004-Nguyen, [0095]. When selected, the client device performs accent 

conversion using the AC model corresponding to the detected accent. EX1004-

Nguyen, [0114]-[0115]. The AC model receives “speech with a source accent and 

convert[s] it to speech having a target accent, while retaining the identity 

characteristics of the original speaker.” EX1004-Nguyen, [0072]. 

B. Overview of Dirac 

U.S. Patent No. 10,163,451 (“Dirac”) was filed on December 21, 2016, and 

issued on December 25, 2018. Dirac, therefore, is prior art to the ’756 Patent under 

35 U.S.C. §§ 102(a)(1)-(2). Dirac was not cited or considered during the prosecution 

of the ’756 Patent. See generally EX1001, EX1002. 

Dirac teaches “[t]echniques for accent translation.” EX1005-Dirac, Abstract. 

Namely, “a first party and a second party may participate in an audio communication 

session.” EX1005-Dirac, 7:63-64. The communications session takes place over 

various networks or on a phone call. EX1005-Dirac, 7:65-8:7. The accent translation 
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techniques “may be used in other scenarios, such as to translate the accent of a live 

speaker or presenter to an audience.” EX1005-Dirac, 8:8-11. 

“[S]peech spoken by the first party may be captured by audio capture 

components 621, such as a microphone.” EX1005-Dirac, 8:19-21. The speech is then 

provided as input to the accent translation components. EX1005-Dirac, 8:21-23. Fig. 

7 provides an example of the accent translation system taught by Dirac. EX1005-

Dirac, 1:48-50. 

 

EX1005-Dirac, Fig. 7. In this example, the system receives input audio 631 spoken 

in a German accent and selects the German accent to British accent translation model 

from a collection of accent translation models. EX1005-Dirac, 10:13-27. The model 
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is used to translate the accent of the input audio 631 to generate output audio 632 

with a second accent. Id. 

C. Overview of Narayanan 

U.S. Patent Application No. 2022/0417659 (“Narayanan”) was filed on June 

23, 2021, and was published on December 29, 2022. Narayanan, therefore, is prior 

art to the ’756 Patent under 35 U.S.C. § 102(a)(1)-(2). Narayanan was not cited or 

considered during the prosecution of the ’756 Patent. See generally EX1001, 

EX1002. 

Narayanan teaches “[s]ystems, methods, and devices relating to audio 

correction.” EX1006-Narayanan, Abstract. Narayanan discloses using a voice 

profile as part of the audio correction: 

For example, the voice profile module 106 may determine the 

voice profile based on the spoken audio content in the content 

portion that indicates the incorrect word (as opposed to 

background audio content in the content portion). The voice 

profile may be determined based on audio, vocal, and/or 

linguistic characteristics of the spoken audio content, such as 

audio spectral patterns, vocal frequency, vocal pitch, speaking 

speed, intonation, loudness, amplitude, speech patterns, speech 

cadence, the number and/or duration of utterances, the number 

and/or duration of breaks between utterances. 

EX1006-Narayanan, [0023]. 
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D. Overview of Kamruzzaman 

“Speaker Identification using MFCC-Domain Support Vector Machine” by 

Kamruzzaman et al. (“Kamruzzaman”), published in the International Journal of 

Electrical and Power Engineering in 2007, was publicly available at least as early as 

September 20, 2007, and therefore, qualifies as prior art to the ’756 Patent under at 

least 35 U.S.C. § 102(a)(1). EX1036-Munford, ¶¶62-66 (declaration of June 

Munford establishing public availability of Kamruzzaman). Kamruzzaman was not 

cited or considered during the prosecution of the ’756 Patent. See generally EX1001, 

EX1002. 

Kamruzzaman discloses the use of mel-frequency cepstrum coefficients 

(MFCCs) for speaker identification. EX1011-Kamruzzaman, Abstract. The 

cepstrum coefficients represent speaker characteristics. EX1011-Kamruzzaman, 

Abstract. Kamruzzaman discloses that the “set of [cepstrum] coefficients is called 

an acoustic vector.” EX1011-Kamruzzaman, 2. “These acoustic vectors can be used 

to represent and recognize the voice characteristic of the speaker.” EX1011-

Kamruzzaman, 2. 

E. Overview of Kee 

U.S. Patent Application Publication No. 2005/0066209 (“Kee”) was filed on 

June 17, 2004, and published March 24, 2005. Kee, therefore, is prior art to the ’756 
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Patent under 35 U.S.C. §§ 102(a)(1)-(2). Kee was not cited or considered during the 

prosecution of the ’756 Patent. See generally EX1001, EX1002. 

Kee teaches a portable electronic device. EX1012-Kee, Title. The system 

contains a main processor that runs applications on an operating system. EX1012-

Kee, Abstract. The system contains an audio interface as well as a digital-to-analog 

converter and an analog-to-digital converter. EX1012-Kee, [0002]. 

F. Overview of Wang 

U.S. Patent Application No. 2024/0274122 (“Wang”) was filed on March 30, 

2023, and published August 15, 2024. Wang claims priority to provisional 

application No. 63/444,312 filed on February 9, 2023. Wang, therefore, is prior art 

to the ’756 Patent under at least 35 U.S.C. § 102(a)(2). Wang was not cited or 

considered during the prosecution of the ’756 Patent. See generally EX1001, 

EX1002. 

Wang teaches a speech translation system. EX1007-Wang, Abstract. Wang 

discloses using a speaker encoder as part of the speech translation system: 

The expressive speech translation system 100 may include a 

speaker encoder 130 for generating speaker embedding data 

135. The speaker embedding data 135 represents voice identity 

characteristics that differ from speaker to speaker such as 

fundamental frequency (e.g., pitch), timbre, cadence, etc. In 

some implementations, the expressive speech translation system 

100 may use the speaker encoder 130 to generated speaker 
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embedding data 135b using the input audio data; thus, generating 

a speaker embedding that represents a speaker of the source 

speech. 

EX1007-Wang, [0030]. 

V. GROUND 1: NGUYEN IN VIEW OF KEE, DIRAC, AND 
NARAYANAN RENDERS OBVIOUS CLAIMS 1-3, AND 6 OF THE ’756 
PATENT 

A. Claim 1 

1. Claim 1[Pre]: “A speech processing system, comprising an 
audio interface coupled to a microphone and an audio output 
device, memory having instructions stored thereon, and one or more 
processors coupled to the memory and the audio interface and 
configured to execute the instructions to:” 

To the extent the preamble is limiting, Nguyen in view of Kee renders obvious 

a speech processing system3 (e.g., Nguyen’s accent conversion system), comprising 

an audio interface (e.g., Kee’s audio interface) coupled to a microphone (e.g., 

Nguyen’s microphone) and an audio output device (e.g., Nguyen’s speaker or 

headphones), memory (e.g., Nguyen’s memory) having instructions stored thereon 

 
3 Claim language is italicized. All drawing annotations added. Citations to a claim 

limitation and/or section number are to the limitation’s mapping in this Petition and 

are incorporated by reference, including the Motivations to Combine (MTC) and 

showing of reasonable expectation of success (REOS) provided in the cross-

referenced section. All REOS include the benefits described for the respective MTC. 

All emphases added unless otherwise noted. 
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(e.g., Nguyen’s processor executable instructions), and one or more processors (e.g., 

Nguyen’s processor) coupled to the memory (e.g., Nguyen’s memory) and the audio 

interface (e.g., Kee’s audio interface) and configured to execute the instructions, as 

claimed. 

a) Nguyen’s Teachings 

Nguyen discloses a “system 300 for accent conversion for virtual 

conferences.” EX1004-Nguyen, [0063], Title, Abstract. In the system, a video 

conferencing application located on client devices is used to perform accent 

conversion. EX1004-Nguyen, [0072]. The client devices are “able to interact with 

each other to conduct the meeting, such as by viewing video feeds and hearing audio 

feeds from other participants, and by capturing and transmitting video and audio of 

themselves.” EX1004-Nguyen, [0064].  

The client devices also utilize a microphone for audio input and a speaker or 

headphones for audio output. EX1004-Nguyen, [0072], [0012], [0115].  

Fig. 3B shows a client device on which “Accent Conversion” (AC) is 

performed by way of the video conferencing application: 
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EX1004-Nguyen, Fig. 3B. Nguyen discloses that the video conferencing application 

350 “includes accent conversion functionality 352 that includes one or more trained 

AC models”. EX1004-Nguyen, [0071]-[0072]. In this system, the video 

conferencing application 350 receives audio data from a microphone 336. EX1004-

Nguyen, [0072]. The video conferencing application also receives audio data from 

other participant devices participating in the conference. EX1004-Nguyen, [0072]. 

The system “may perform accent detection on audio streams within the virtual 

conference.” EX1004-Nguyen, [0108]. Accent detection is used to determine if “a 

suitable AC model is available to perform accent conversion.” EX1004-Nguyen, 

[0108]. 
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Fig. 8 discloses an exemplary device for performing accent conversion during 

a virtual conference. EX1004-Nguyen, [0117]. The device contains one or more 

input devices, including a microphone, as well as “a processor 810 which is in 

communication with the memory 820 and other components of the computing device 

800 using one or more communications buses.” EX1004-Nguyen, [0117]. Further, 

“[t]he processor 810 is configured to execute processor-executable instructions 

stored in the memory 820 to perform one or more methods for accent conversion for 

virtual conferences according to different examples, such as part or all of the 

example methods 600, 700.” Id. Thus, Nguyen teaches a memory having instructions 

stored thereon, and one or more processors coupled to the memory … and 

configured to execute the instructions. The processor may comprise a 

microprocessor, a digital signal processor, and other similar processors. EX1004-

Nguyen, [0120]. 
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EX1004-Nguyen, Fig. 8. 

Therefore, Nguyen discloses a speech processing system, comprising … a 

microphone and an audio output device, memory having instructions stored thereon, 

and one or more processors coupled to the memory and the audio interface and 

configured to execute the instructions to. 

However, Nguyen does not expressly disclose an audio interface. 

b) Kee’s Teachings 

The ’756 patent describes an audio interface as sound processing hardware 

and/or software with analog-to-digital and digital-to-analog converters. EX1001, 

3:4-7. 

Kee teaches an audio interface, as claimed. Specifically, Kee teaches: 
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An audio interface 162 that is connected to an internal 

microphone 164 and a pair of speakers 166a, b. The audio 

interface 162 includes a digital-to-analog converter having a 

pair of outputs that are coupled to the speakers 166a, b. The audio 

interface 162 also includes a sampler producing analog samples 

of a signal from the microphone 164, and an analog-to-digital 

converter, which digitizes the analog samples and passes the 

digital sample data to the peripheral bus 140. 

EX1012-Kee, [0027]. 

The Nguyen-Kee combination teaches an audio interface coupled to a 

microphone and an audio output device and one or more processors coupled to the 

memory and the audio interface. Nguyen’s “processor 810 [] is in communication 

with the memory 820 and other components of the computing device 800 using one 

or more communications buses,” where such “other components” in the Nguyen-Kee 

combination include Nguyen’s microphone, Nguyen’s speaker/headphone, and 

Kee’s audio interface. EX1004-Nguyen, [0072], [0012], [0115], [0117], Fig. 8; 

EX1012-Kee, [0027].  

c) Motivation to Combine 

Nguyen teaches receiving input audio and outputting processed audio. But, 

Nguyen does not expressly recite the use of an audio interface that has analog-to-

digital and digital-to-analog capabilities. However, Kee teaches a device with an 

audio interface that has analog-to-digital and digital-to-analog capabilities. 
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A PHOSITA would have been motivated to combine Kee’s use of an audio 

interface with Nguyen’s accent conversion system with a reasonable expectation of 

success for several reasons. 

First, Nguyen explicitly contemplates receiving input audio for processing, 

but does not provide details on how this functionality is implemented. EX1003, ¶84 

(discussing Nguyen at [0071]-[0072]). A PHOSITA would have known that for a 

computing device to process audio data, the audio data first must be converted to 

digital form. EX1003, ¶84. Kee provides a detailed description of an audio interface 

with analog-to-digital conversion capabilities. EX1012-Kee, [0027]. Thus, a 

PHOSITA would have been motivated to look to a reference such as Kee as a guide 

providing one option (an audio interface) for converting analog that input audio to 

digital form. EX1003, ¶84; KSR Int’l Co. v. Teleflex Inc., 550 U.S. 398, 421 (2007) 

(motivation exists “[w]hen there is a design need . . . and there are a finite number 

of identified, predictable solutions” within a PHOSITA’s “technical grasp”); see 

also In re Translogic Technology, Inc., 504 F.3d 1249, 1262 (Fed. Cir 2007) (“[I]n 

looking for a multiplexer circuit for the individual 2:1 multiplexers disclosed in 

Gorai, a person of ordinary skill in the art would have solved this design need by 

‘pursu[ing] known options within his or her technical grasp.’”). Further, a PHOSITA 

would have understood that the use of an audio interface would have provided 

Nguyen’s system with not only the means to receive audio data and digitize it, but 
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the means to convert processed or generated audio data back into analog form so 

that the processed audio is able to be transmitted to the output device. EX1003, ¶85. 

Moreover, the use of an audio interface was well-known in the art long before the 

’756 Patent. EX1003, ¶86. 

Second, such a combination would have constituted combining prior art 

elements (e.g., Kee’s audio interface and  Nguyen’s accent conversion system) 

according to known methods according to known methods to yield predictable 

results (e.g., enabling Nguyen’s accent conversion system to convert analog 

microphone signals to digital signals for subsequent processing ). KSR Int’l Co. v. 

Teleflex Inc., 550 U.S. 398, 417-418 (2007); EX1003, ¶87. The result of this 

combination, an accent conversion system capable of analog-to-digital and digital-

to-analog conversion, facilitates the functionality described by Nguyen. A PHOSITA 

would have understood that computer audio processing is performed on digital data, 

but that audio is received and output in analog. Thus, Kee’s audio interface 

effectuates Nguyen’s accent conversion system by providing a means to convert 

audio data between analog and digital formats. EX1003, ¶87.  

Finally, a PHOSITA would have had a reasonable expectation of success in 

making the combination because both Nguyen and Kee teach similar electronic 

devices that use processors, and the implementation of audio interfaces (and 

particularly analog-to-digital and digital-to-analog converters) was well known to 
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PHOSITAs. EX1004-Nguyen, [0071]-[0072], Fig. 8; EX1012-Kee, Title, [0002]. 

Thus, a PHOSITA would have understood that Nguyen’s system is capable of 

incorporating Kee’s audio interface. EX1003, ¶88. A PHOSITA would have 

understood that only minor modifications to the hardware and software would have 

been required to implement the audio interface, as taught by Kee, into the accent 

conversion system, as taught by Nguyen. EX1003, ¶88. 

2. Claim 1[a]: “apply one or more trained machine learning 
models to first input audio data obtained via the microphone and the 
audio interface to extract accent features of first input speech 
associated with a first accent of a first user;” 

Nguyen in view of Kee and Dirac renders obvious appl[ing] one or more 

trained machine learning models (e.g., Dirac’s accent translation artificial neural 

networks) to first input audio data (e.g., Nguyen’s audio stream of a first participant) 

obtained via the microphone (e.g., Nguyen’s microphone) and the audio interface 

(e.g., Kee’s audio interface) to extract accent features (e.g., Dirac’s technique for 

obtaining audio characteristics of an accent) of first input speech associated with a 

first accent of a first user (e.g., Nguyen’s audio received from its first participant in 

a target accent), as claimed. 

a) Nguyen’s Teachings 

Nguyen teaches performing accent conversion (“AC”) on communications 

between at least two users. EX1004-Nguyen, [0016], [0068]-[0070], [0072]. As 

established above in Claim 1[Pre], the Nguyen-Kee combination system renders 
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obvious the use of an audio interface. Nguyen teaches that “[t]he video conferencing 

application 350 receives audio and video data from a microphone 336 and a camera 

334, respectively, connected to the client device 330.” EX1004-Nguyen, [0071]. A 

PHOSITA would have understood that the microphone and audio interface, which 

convert the signals from analog to digital, would have worked together to allow the 

device and video conferencing application to receive audio data. EX1003, ¶91.  

Nguyen’s accent conversion system modifies a received audio stream of a 

second participant with a source accent into output speech with a target accent 

matching a first participant’s (a first user) speech. EX1004-Nguyen, [0107], [0112]. 

Nguyen’s system may detect when participants have different accents by performing 

accent detection on the speech of each participant: 

the client device 330 or the virtual conference provider 310 may 

perform accent detection or may analyze user profiles for 

participants in a virtual conference to identify accents associated 

with the different participants. If different accents among the 

participants are detected, the virtual conference provider 310 

may provide an indication to one or more of the client devices to 

suggest accent conversion. 

EX1004-Nguyen, [0095], Fig. 5D. Thus, Nguyen discloses receiving speech of the 

first participant with a target accent (first input audio data from first user with a first 

accent) and a second participant with a source accent, where the participants have 

different accents. 
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The Nguyen-Kee combination teaches the system receiving a first input audio 

data obtained via the microphone and the audio interface, where the first input 

speech is associated with a first accent of a first user. See Claim 1[Pre]. 

Nguyen does not disclose a specific process used by the system to identify the 

accent(s) of the user based on the input audio data received. Although Nguyen 

teaches using machine-learning (“ML”) models to perform the accent conversion, 

Nguyen does not specifically teach that an ML model is used to detect an accent, or 

which accent characteristics are used to identify an accent. EX1004-Nguyen, [0013]-

[0014]. However, Dirac does. 

b) Dirac’s Teachings 

Dirac teaches an accent translation system for translating a party’s speech in 

a first accent to a second accent. Specifically, Dirac teaches that the “accent 

translation system may determine that the first party speaks with the first accent[.]” 

EX1005-Dirac, 3:12-14. “[T]he accent translation system may also determine that 

the second party speaks with the second accent” and “may then translate the first 

party’s speech from the first accent to the second accent, for example by applying a 

respective accent translation model for translating speech from the first accent to the 

second accent.” EX1005-Dirac, 3:26-35. 

Dirac teaches extract[ing] accent features because Dirac obtains audio 

characteristics from one party’s speech to analyze and detect which accent is spoken. 
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Specifically, Dirac discloses that “an audio characteristic analysis of audio 

communications by the first party may be used to determine the first party’s 

accent.” EX1005-Dirac, 8:53-55. To determine the accent, “audio communications 

from the first party may be analyzed to obtain audio characteristics (e.g., pitch, tone, 

stress, melody, etc.) of the first party’s accent.” EX1005-Dirac, 8:59-61. Audio 

characteristics analysis techniques, such as fast Fourier transform (FFT) and mel-

frequency cepstral coefficients (MFCC), can be used to obtain the audio 

characteristics. EX1005-Dirac, 8:62-64. “[T]he audio characteristics of the first 

party’s accent may then be compared to audio characteristics of various accent 

sample sets … to determine an accent set and an accent to which the first party’s 

accent substantially correlates.”  EX1005-Dirac, 8:64-9:2.  

Dirac teaches appl[ing] one or more trained machine learning models to 

perform the claimed extract[ion] because Dirac discloses: (1) that its translation 

model is determined “by one or more artificial neural networks” (EX1005-Dirac, 

22:9-11); and (2) that “one or more artificial neural networks … may efficiently 

parse and analyze large amounts of input data” including “new audio samples” 

(EX1005-Dirac, 7:52-60). EX1003, ¶98 (explaining how Dirac teaches using one or 

more neural networks in its accent translation system to analyze the input audio 

communications to obtain the audio characteristics of the first party’s accent and 



PGR2026-00033 
U.S. Patent No. 12,417,756 

24 

determine which accent model it correlates with); EX1005-Dirac, 8:58-67 

(describing analysis of audio to determine a party’s accent).  

Thus, Dirac teaches appl[ing] one or more trained machine learning models 

to first input audio data … to extract accent features of first input speech associated 

with a first accent of a first user, where the first input speech associated with the 

first accent of a first user is the speech from Nguyen’s exemplary first user with a 

target accent.  

c) Motivation to Combine 

Nguyen teaches use of machine learning models (such as a neural network) 

and teaches performing accent detection. But Nguyen does not expressly provide that 

accent detection is performed by a machine learning model, nor does it expressly 

provide to extract accent features of the first input speech associated with a first 

accent of a first user. However, Dirac does. 

A PHOSITA would have been motivated to incorporate Dirac’s accent 

detection and feature extraction process into Nguyen-Kee’s accent conversion 

system with a reasonable expectation of success for several reasons. EX1003, ¶101. 

First, Nguyen explicitly contemplates performing accent detection on an audio 

stream but does not provide details on how this functionality is implemented. 

EX1003, ¶102 (discussing Nguyen at [0090]). Because Nguyen’s accent conversion 

requires determining the accent of a participant to apply the correct accent 
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conversion model, a PHOSITA would have been motivated to look to other 

references, such as Dirac, for detailed processes to do so. EX1003, ¶103. Dirac is 

one example that provides a detailed description of such an accent detection process, 

specifically for the speech of a participant. EX1003, ¶104; EX1005-Dirac, 8:53-9:2, 

9:32-38. Thus, a PHOSITA would have been motivated to make the proposed 

combination, i.e., to look to Dirac as a guide for implementing accent detection in 

Nguyen’s device. EX1003, ¶104. 

Further, as established above, Dirac teaches the use of a machine learning 

model to analyze the input audio data. EX1005-Dirac, 7:52-56. A PHOSITA would 

have appreciated that machine learning models are advantageously used for accent 

detection because machine learning models are able to make accurate predictions, 

such as the accent of speakers, from large amounts of input data, such as an input 

audio stream during live conferences. EX1003, ¶105. For example, a PHOSITA 

would have understood that training and utilizing a machine learning model would 

have improved the accent detection process by creating a robust and accurate 

prediction model. EX1003, ¶105.  

Third, such a combination would have constituted applying a known 

technique (e.g., Dirac’s accent recognition) to a known device (e.g., Nguyen’s accent 

conversion system) ready for improvement to yield predictable results (e.g., 

improved, robust, and accurate accent recognition for subsequent accent 
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conversion). KSR Int’l Co. v. Teleflex Inc., 550 U.S. 398, 417-418 (2007). 

Additionally, accent detection using a neural network was well known in the art well 

before the ’756 Patent. EX1003, ¶106. 

Finally, a PHOSITA would have had a reasonable expectation of success in 

making the combination because Nguyen and Dirac both teach the use of accent 

detection in an accent conversion process. EX1003, ¶107; EX1004-Nguyen, [0095]; 

EX1005-Dirac, 8:53-61. Further, both teach the use of neural networks in their 

respective accent conversion systems. EX1004-Nguyen, [0013]; EX1005-Dirac, 

7:52-56. Thus, a PHOSITA would have understood that Nguyen’s system is capable 

of incorporating Dirac’s neural network to implement accent characteristic 

extraction and accent detection. EX1003, ¶107. A PHOSITA would have understood 

that the combination would have only required minor modifications to the software 

of Nguyen. EX1003, ¶107. 

In the Nguyen-Kee-Dirac combination, Nguyen’s system receives an audio 

stream through the microphone and Kee’s audio interface during a virtual 

conference. The accent conversion functionality of the client device, as taught by 

Nguyen, receives audio in the form of speech from a first participant via the 

microphone, which is then digitized by the client device’s audio interface, as taught 

by Kee. The accent conversion functionality of the client device receives audio in 

the form of speech from a second participant via a network. The accent features of 
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the first participant (a first user) and the second participant are extracted utilizing 

the neural network(s) of Dirac. The neural network(s) compare these characteristics 

to sample sets of accents accessible by the model to determine which accent 

correlates with that of the first participant and which correlates to the second 

participant’s accent, as taught by Dirac. This allows the system of Nguyen to select 

the relevant AC model to perform a conversion from the accent of the second 

participant to that of the first participant. 

In summary, Nguyen-Kee-Dirac teaches applying one or more neural 

networks to the speech of a first participant having a target accent to extract the 

accent features of the first participant’s accent to determine the accent. Thus, 

Nguyen-Kee-Dirac teaches appl[ing] one or more trained machine learning models 

to first input audio data obtained via the microphone and the audio interface to 

extract accent features of first input speech associated with a first accent of a first 

user. 

3. Claim 1[b]: “analyze obtained second input audio data 
associated with second input speech associated with a second accent 
of a second user to generate characteristics specific to a natural 
voice of the second user, wherein the generated characteristics 
correspond to vocal traits that are distinct to the second user and 
comprise one or more of a voice quality or one or more phonetic 
patterns, prosodic features, articulation styles, or intonation 
patterns;” 

Nguyen in view of Kee, Dirac, and Narayanan renders obvious analyz[ing] 

obtained second input audio data associated with second input speech associated 
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with a second accent of a second user (e.g., Nguyen’s received audio from its second 

participant with a source accent) to generate characteristics specific to a natural 

voice of the second user (e.g., Narayanan’s generating a voice profile), wherein the 

generated characteristics correspond to vocal traits that are distinct to the second 

user (e.g., Narayanan’s voice profile contains characteristics of the speaker’s 

specific speech) and comprise one or more of a voice quality or one or more phonetic 

patterns, prosodic features, articulation styles, or intonation patterns (e.g., 

Narayanan’s voice characteristics, including intonation), as claimed. 

As explained above, Petitioner proposes that characteristics specific to a 

natural voice of the second user should be construed as “speaker-specific attributes 

that are globally representative of the second user’s voice and that are used to 

maintain the second user’s voice throughout synthesis.” Supra Section III.C. 

Petitioner notes that the ’756 Patent uses “extract” and “generate” 

interchangeably to describe the process of obtaining characteristics specific to a 

natural voice of the second user. Compare EX1001, 7:44-48, 8:56-64; with EX1001, 

5:66-6:1, 6:19-23. 

a) Nguyen’s Teachings 

Nguyen teaches that after the accents of the first and second participants have 

been identified, the first participant at a client device is provided an indication that 

accent conversion for the second participant’s audio stream is available, so that the 
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second participant’s accent is converted to that of the first participant. EX1004-

Nguyen, [0095] (describing that “the client device 330 itself could make such a 

determination [(accent mismatch)] and provide the suggestion to the user” that 

accent conversion is available). If the first participant accepts, the client software in 

the first participant’s client device performs accent conversion on the second 

participant’s speech. EX1004-Nguyen, [0095] (“If the user accepts the suggestion 

544, … the client software 350 may enable its accent conversion functionality 352 

to perform accent conversion.”). 

Nguyen generally teaches that the speech input into the accent conversion 

system comprises of two parts besides content—the accent and the identity 

characteristics. See EX1004-Nguyen, [0013], [0016], [0072]-[0073]; EX1003, ¶114. 

Nguyen teaches that its system retains identity characteristics through accent 

conversion but doesn’t expressly teach that the identity characteristics are 

generate[d], as claimed. EX1004-Nguyen, [0072]. Nguyen discusses that identity 

characteristics are those “such as timbre and pitch[.]” EX1004-Nguyen, [0073]; 

EX1001, 4:19-22 (the claimed characteristics include “prosodic features (e.g., pitch 

and timbre)”). A PHOSITA would have understood that identity characteristics 

identify a unique speaker and are therefore specific to a natural voice of a user and 

distinct to the user. EX1003, ¶114. Further, timbre and pitch are prosodic features. 

EX1001, 4:19-22.  
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In Nguyen’s accent conversion process, the incoming audio stream from the 

second participant has speech with a source accent that is converted by the AC model 

to a target accent “while retaining the identity characteristics of the original 

speaker.” EX1004-Nguyen, [0072]; see id. [0013], [0016], [0073], [0107], [0114]. 

Therefore, if the second participant with a second accent speaks during a video 

conference, the audio stream of their speech (obtained second input audio data 

associated with second input speech) is modified by the AC model to have the accent 

of the first participant, while retaining the identity characteristics of the second 

participant. However, Nguyen does not describe in detail how its system generate[s] 

the identity characteristics of the speaker for retention in the accent conversion 

process. 

b) Narayanan’s Teachings 

Narayanan teaches “[s]ystems, methods, and devices relating to audio 

correction.” EX1006-Narayanan, Abstract. Narayanan discloses a method and 

system for real-time audio correction for mispronounced or incorrect words. 

EX1006-Narayanan, [0001], [0004]. This method includes the creation of a voice 

profile to retain the characteristics of the speaker through the audio correction 

process. EX1006-Narayanan, [0070]-[0075], Fig. 5. Narayanan explains its “voice 

profile may be determined a single time and applied” across various portions of 

speech. EX1006-Narayanan, [0035], Fig. 2. 
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In the method, a first spoken audio content is received. EX1006-Narayanan, 

[0071]. Subsequently, “a voice profile is determined based on the first spoken audio 

content.” EX1006-Narayanan, [0075]. Narayanan discloses that “[a] machine 

learning algorithm (e.g., a machine learning model or other machine learning 

techniques) may be used to determine (e.g., update) a voice profile (e.g., the voice 

profile associated with the speaker in the first spoken audio content).” EX1006-

Narayanan, [0079]. Narayanan’s system uses the voice profile to generate corrected 

output audio content where incorrect words are replaced with correct words, where 

the corrected words “resemble the speaker’s speech with respect to audio, vocal, 

and/or linguistic characteristics.” EX1006-Narayanan, [0083]-[0084]. 

Narayanan’s voice profile is representative of the speaker’s specific speech 

and includes characteristics of their speech: 

The voice profile may be generally representative of the 

speaker’s speech such that the voice profile may be used to 

generate spoken audio content. The voice profile may indicate 

various characteristics of the speaker’s speech, such as audio, 

vocal, and/or linguistics characteristics. Example audio, vocal, 

and/or linguistic characteristics may include audio spectral 

patterns, vocal frequency, vocal pitch, speaking speed, 

intonation, loudness, amplitude, speech patterns, speech 

cadence, the number and/or duration of utterances, the number 

and/or duration of breaks between utterances, etc. Accordingly, 

the voice profile may be determined based on similar 
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characteristics of the spoken audio content and/or the first one or 

more words spoken by the speaker. 

EX1006-Narayanan, [0075]. Narayanan specifies that these characteristics include 

intonation, which a PHOSITA would have recognized as an intonation pattern. 

EX1006-Narayanan, [0075]; EX1003, ¶118. A PHOSITA would have understood 

that the characteristics included in the voice profile, such as intonation and vocal 

pitch, are specific to the natural voice of the [] user. EX1003, ¶119. 

A PHOSITA would have understood that the characteristics contained within 

the voice profile are generated from the spoken audio data. EX1003, ¶120. Thus, 

Narayanan discloses analyz[ing] obtained second input audio data associated with 

second input speech associated with a second accent of a second user to generate 

characteristics specific to a natural voice of the second user, wherein the generated 

characteristics correspond to vocal traits that are distinct to the second user and 

comprise one or more of a voice quality or one or more phonetic patterns, prosodic 

features, articulation styles, or intonation patterns. 

And Narayanan’s teachings also teach the claimed characteristics specific to 

a natural voice of the second user under Petitioner’s proposed construction of 

“speaker-specific attributes that are globally representative of the second user’s 

voice and that are used to maintain the second user’s voice throughout synthesis” 

because Narayanan teaches that its “voice profile may be determined a single time 
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and applied” across various portions of speech, and its voice profile is “generally 

representative of the speaker’s speech.” EX1006-Narayanan, [0035], Fig. 2, [0075]; 

EX1003, ¶120 (further citing EX1007-Wang and explaining how a PHOSITA would 

have understood how speaker specific information is stored and used throughout the 

speech modification process). Although Narayanan allows for profile updates, those 

updates refine a persistent profile rather than replacing it with frame-level extraction. 

Id. Accordingly, Narayanan’s teachings of deriving a voice profile that is 

determined once and applied across multiple portions of speech demonstrates that 

Narayanan’s voice profile characteristics are not frame-specific, but instead globally 

representative of the speaker’s voice. Id.  

c) Motivation to Combine 

Nguyen teaches analyzing input audio data to retain identity characteristics in 

speech that has its accent converted. But Nguyen does not expressly explain the 

generation of voice characteristics. However, Narayanan does teach the generation 

of a voice profile containing characteristics unique to the speaker. 

A PHOSITA would have been motivated to incorporate Narayanan’s voice 

profile generation and functionality into Nguyen-Kee-Dirac’s accent conversion 

system with a reasonable expectation of success, for several reasons. EX1003, ¶122. 

First, Nguyen specifically states that to alleviate communication issues, its 

system converts one accent to another accent while retaining the identity 
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characteristics of the original speaker. EX1004-Nguyen, [0013]. However, Nguyen 

does not provide a comprehensive list of its identity characteristics to preserve. 

EX1003, ¶123. Accordingly, a PHOSITA would have been encouraged and 

motivated to looked to other references, such as Narayanan and its use of voice 

profiles for details regarding additional identity characteristics as candidates for 

preservation of the speaker’s identity. EX1003, ¶123. Further, the use of voice 

profiles in speech processing was well known in the art before the ’756 Patent. 

EX1003, ¶123. 

A PHOSITA would have also been motivated to make the proposed 

combination because such a combination would have improved Nguyen’s system by 

allowing it to retain vocal characteristics, beyond pitch and timbre, for each 

participant, by way of the voice profile, during accent conversion. EX1003, ¶124; 

EX1006-Narayanan, [0018]. This would have allowed the output of the accent 

conversion system to retain more identity characteristics of the second participant, 

improving the output of the accent conversion system by generating output audio 

that is closer to the voice of the second participant. EX1003, ¶124. A PHOSITA 

would have appreciated that such a combination would have furthered Nguyen’s 

stated goal of changing a speaker’s accent “but not their voice[.]” EX1004-Nguyen, 

[0016]; see EX1004-Nguyen, [0017]; EX1003, ¶124. 
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Additionally, Narayanan teaches that its voice profile is stored and later 

updated based on further speech of a speaker. EX1006-Narayanan, [0047]. A 

PHOSITA would have understood that this would have provided an additional 

advantage to Nguyen’s system, allowing the voice profile and subsequent speech 

modification to improve over time. EX1003, ¶125. A PHOSITA would have 

understood that the more speech data that is analyzed to generate speech 

characteristics, the more accurate the voice characteristics will be in representing a 

user’s voice. EX1003, ¶125; EX1005-Dirac, 7:56-60. As a result, an accent 

conversion or speech modification performed on the user’s speech will retain more 

accurate characteristics of the user’s voice, improving the similarity of the output to 

the user’s voice. EX1003, ¶125. 

Further, such a combination would have constituted applying a known 

technique (e.g., Narayanan’s generating voice profiles for speakers) to a known 

device (e.g., Nguyen’s accent conversion system) ready for improvement to yield 

predictable results (e.g., using voice profiles to retain the specific identity 

characteristics of a speaker for representation of the speaker’s true voice during 

accent conversion). KSR, 550 U.S. at 417-418. 

Finally, a PHOSITA would have had a reasonable expectation of success in 

making the combination because Nguyen already teaches retaining identity 

characteristics of the speaker during accent conversion, while Narayanan provides 
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further implementation details of generating a voice profile containing the speaker 

characteristics to retain those characteristics in speech modification. EX1003, ¶127; 

EX1004-Nguyen, [0013]; EX1006-Narayanan, [0004], [0075]. A PHOSITA would 

have understood that only minor changes to the software of Nguyen are required to 

generate Narayanan’s voice profiles to retain the identity characteristics of the 

speaker. EX1003, ¶127. Particularly, because Nguyen already teaches the use of 

profiles that include accent information, a PHOSITA would have understood how to 

modify these profiles to be Narayanan’s voice profiles. EX1004-Nguyen, [0090], 

[0095], [0108]; EX1003, ¶127. 

In the Nguyen-Kee-Dirac-Narayanan combination, the accent conversion 

system of Nguyen creates a voice profile by analyzing the speech of the second 

participant, as taught by Narayanan. In the combination, the accent conversion 

system taught by Nguyen receives audio in the form of speech from a second 

participant. It analyzes the audio to generate a voice profile, including the second 

participant’s audio characteristics such as intonation, pitch, and timbre. EX1006-

Narayanan, [0004], [0006], [0023], [0044]; EX1004-Nguyen, [0073]. This voice 

profile is used to retain the identity characteristics of the second participant in the 

accent conversion as described below in Claim 1[c]. Thus, the Nguyen-Kee-Dirac-

Narayanan combination teaches Claim 1[b], by analyzing the obtained input audio 
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data to generate characteristics corresponding to the vocal traits of a second user 

contained in a voice profile. 

4. Claim 1[c]: “synthesize a modified version of the second input 
speech by modifying the obtained second input audio data based on 
the generated characteristics and the extracted accent features, 
wherein the modified version of the second input speech preserves 
aspects of the natural voice of the second user and mimics the first 
accent; and” 

Nguyen in view of Kee, Dirac, and Narayanan renders obvious synthesiz[ing] 

a modified version of the second input speech (e.g., Nguyen’s generating an output 

audio stream with modified speech of the second participant having a target accent) 

by modifying the obtained second input audio data based on the generated 

characteristics (e.g., Narayanan’s voice profile which contains characteristics of the 

speaker’s specific speech) and the extracted accent features (e.g., Dirac’s audio 

characteristics of an accent), wherein the modified version of the second input speech 

preserves aspects of the natural voice of the second user (e.g., Nguyen’s output audio 

stream which has the same voice characteristics as the original speaker) and mimics 

the first accent (e.g., Nguyen’s accent conversion to the target accent), as claimed. 

As discussed above, the combination of Nguyen, Kee, and Dirac teaches 

extracting accent features of a first input audio data associated with a first accent of 

a first participant as part of an accent detection process. See Claim 1[a]. The further 

combination of Nguyen, Kee, Dirac, and Narayanan teaches generating 

characteristics, stored in a voice profile, corresponding to vocal traits of a second 
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participant by analyzing a second input audio. See Claim 1[b]. As explained below, 

the combination further teaches generating a modified version of the second input 

speech that is based on the extracted accent features of the first user and the 

generated characteristics of the second user. 

Nguyen teaches that accent detection is used to detect the source and target 

accents in order to determine which AC model to use for the accent conversion. 

EX1004-Nguyen, [0090], [0098], [0108]; see Claim 1[a]. When performing the 

accent conversion, Nguyen teaches the system “generates, using an AC model 314, 

a second audio stream based on a received audio stream.” EX1004-Nguyen, [0112]. 

Nguyen teaches that the “AC functionality 352 can receive incoming audio streams 

that have speech with a source accent and convert it to speech having a target 

accent, while retaining the identity characteristics of the original speaker.” 

EX1004, [0072]. “Because the accent conversion retains the identity characteristics 

of the original speaker, but changes the accent, the requesting participant will simply 

perceive that the speaker’s accent has changed, but not their voice.” EX1004-

Nguyen, [0016]. Thus, Nguyen teaches an output audio stream with a different 

accent than the speech of the input audio stream (a modified version of the second 

input speech). 

A PHOSITA would have understood that an example of this functionality, 

consistent with the example provided in the mappings for Claims 1[a] and 1[b], is as 
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follows: A first and second participant speak during a video conference. EX1003, 

¶133; EX1004-Nguyen, [0090], [0095]; see Claim 1[a]. The accent conversion 

system of Nguyen detects the participants’ accents based on the accent 

characteristics of the participants’ respective speech. EX1003, ¶133; EX1004-

Nguyen, [0090], [0095]; see Claim 1[a]. The accent conversion model is then 

selected by the accent conversion system based on the detected accent of each 

participant. EX1003, ¶133; EX1004-Nguyen, [0108], [0065]. The audio stream of 

the second participant is modified by the accent conversion model to produce a 

second audio stream containing the identity characteristics of the second participant 

but with the accent of the first participant. EX1003, ¶133; EX1004-Nguyen, [0072], 

[0013], [0016]; see Claim 1[b]. 

The only differences between Nguyen and the Nguyen-Kee-Dirac-Narayanan 

combination are that the accent detection is performed using the method of Dirac, 

and identity characteristics are maintained by creating a voice profile as taught by 

Narayanan. Accordingly, a PHOSITA would have understood that in the 

combination, the second audio stream would have been based on the generated voice 

profile (containing the identity characteristics) and the extracted accent features, 

which are included within the AC model as the output accent. EX1003, ¶134. 

Specifically, because the AC model is selected based on the extracted accent 

features, the output of the AC model is based on the extracted accent features. 
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EX1003, ¶134. Additionally, the output audio stream has speech with identity 

characteristics that are retained based on the identity characteristics within the voice 

profile and mimics the target accent. EX1003, ¶134. Thus, Nguyen-Kee-Dirac-

Narayanan teaches synthesiz[ing] a modified version of the second input speech by 

modifying the obtained second input audio data based on the generated 

characteristics and the extracted accent features, wherein the modified version of 

the second input speech preserves aspects of the natural voice of the second user 

and mimics the first accent. 

5. Claim 1[d]: “provide to the audio interface output audio data 
for output via the audio output device, wherein the output audio 
data is generated based on the modified version of the second input 
speech.” 

Ngyuen in view of Kee, Dirac, and Narayanan, renders obvious provid[ing] 

to the audio interface (e.g., Kee’s audio interface) output audio data (e.g., Nguyen’s 

generated second audio stream) for output via the audio output device (e.g., 

Nguyen’s speaker or headphones), wherein the output audio data is generated based 

on the modified version of the second input speech, as claimed. 

As established above, Nguyen teaches that a second audio stream containing 

modified speech is generated by the system. See Claim 1[c]. Nguyen further teaches 

that after accent conversion “[t]he generated output audio stream(s) can then be 

provided to the requesting participants instead of the original unaltered audio 

stream.” EX1004-Nguyen, [0070]. Nguyen teaches “transmit[ting] the second audio 
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stream to speakers or headphones to be output to the user.” EX1004-Nguyen, [0115]. 

As established in Claim 1[Pre], the Nguyen-Kee combination teaches an audio 

interface that has analog-to-digital and digital-to-analog conversion functionalities. 

See Claim 1[Pre]. A PHOSITA would have understood that in such a combination, 

the processed audio stream would have been provided to the audio interface to be 

converted to analog, allowing it to be output to the user. EX1003, ¶137. Further, a 

PHOSITA would have understood that the generated second audio stream (output 

audio data) contains the modified speech having the target accent and therefore is 

generated based on the modified version of the second input speech. EX1003, ¶137. 

B. Claim 2 

1. Claim 2: “The speech processing system of claim 1, wherein 
the one or more processors are further configured to execute the 
instructions to extract from the first input audio data one or more 
prosodic features, linguistic features, or global speaker 
characteristics.” 

Nguyen in view of Kee, Dirac, and Narayanan renders obvious wherein the 

one or more processors (e.g., Nguyen’s processors) are further configured to execute 

the instructions (e.g., Nguyen’s processor-executable instructions) to extract (e.g., 

Dirac’s obtain) from the first input audio data (e.g., Nguyen’s audio stream of a first 

participant) one or more prosodic features (e.g., Dirac’s pitch), linguistic features, 

or global speaker characteristics, as claimed. 



PGR2026-00033 
U.S. Patent No. 12,417,756 

42 

The ’756 Patent explains that prosodic features include pitch and timbre. 

EX1001, 4:20. As established in Claim 1[a], Nguyen in view of Dirac renders 

obvious extracting accent features from the first user’s speech using machine 

learning models. See Claim 1[a]. Dirac teaches that during accent detection, “audio 

communications from the first party may be analyzed to obtain audio characteristics 

(e.g., pitch, tone, stress, melody, etc.) of the first party’s accent.” EX1005-Dirac, 

8:59-61. Therefore, because pitch, as taught by the ’756 Patent, is a prosodic feature, 

Dirac teaches obtaining (extracting) one or more prosodic features. 

In a Nguyen-Kee-Dirac-Narayanan combination, Nguyen’s system utilizes 

Dirac’s step of obtaining audio characteristics to extract one or more prosodic 

features (e.g., pitch). 

C. Claim 3 

1. Claim 3: “The speech processing system of claim 1, wherein 
the accent features comprise one or more pitch contours, other 
intonation patterns, or phoneme pronunciations and the pitch 
contours comprise variations in pitch throughout the first input 
speech, the other intonation patterns comprise the rise and fall of 
pitch at the ends of phrases or sentences, or the phoneme 
pronunciations comprise a unique production of phonemes in the 
first accent.” 

Nguyen in view of Kee, Dirac, and Narayanan renders obvious wherein the 

accent features (e.g., Dirac’s audio characteristics of an accent) comprise one or 

more pitch contours (e.g., Dirac’s melody), other intonation patterns, or phoneme 

pronunciations and the pitch contours comprise variations in pitch throughout the 
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first input speech (e.g., Dirac’s melody throughout the speech), the other intonation 

patterns comprise the rise and fall of pitch at the ends of phrases or sentences, or 

the phoneme pronunciations comprise a unique production of phonemes in the first 

accent, as claimed. 

As established in Claim 1[a], Nguyen in view of Kee and Dirac renders 

obvious  apply[ing] one or more trained machine learning models to first input 

audio data obtained via the microphone and the audio interface to extract accent 

features of first input speech associated with a first accent of a first user. See Claim 

1[a]. 

The ’756 Patent explains that “pitch contours comprise variations in pitch 

throughout the first input speech.” EX1001, 10:10-15, 4:10-11. 

Dirac teaches to determine the accent, “audio communications from the first 

party may be analyzed to obtain audio characteristics (e.g., pitch, tone, stress, 

melody, etc.) of the first party’s accent.” EX1005-Dirac, 8:59-61; see Claim 1[a]. 

Examples of these characteristics, which represent an accent (accent features), are 

shown in Fig. 2. EX1005-Dirac, 5:9-27. 
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EX1005-Dirac, Fig. 2. As shown, these characteristics include melody. Id. A 

PHOSITA would have understood that melody is the rise and fall of pitch in a 

communication. EX1003, ¶146. Accordingly, Nguyen in view of Kee, Dirac, and 

Narayanan renders obvious wherein the accent features comprise one or more pitch 

contours … and the pitch contours comprise variations in pitch throughout the first 

input speech. 
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D. Claim 6 

1. Claim 6: “The speech processing system of claim 1, wherein 
the one or more processors are further configured to execute the 
instructions to receive the second input audio data via one or more 
communication networks and from a user computing device that is 
remote from the speech processing system, wherein the second input 
audio data is captured at the user computing device.” 

Nguyen in view of Kee, Dirac, and Narayanan renders obvious wherein the 

one or more processors (e.g., Nguyen’s processors) are further configured to execute 

the instructions (e.g., Nguyen’s processor-executable instructions) to receive the 

second input audio data (e.g., Nguyen’s audio stream from its second participant) 

via one or more communication networks (e.g., Nguyen’s network) and from a user 

computing device that is remote from the speech processing system (e.g., Nguyen’s 

remote client device), wherein the second input audio data is captured at the user 

computing device (e.g., Nguyen’s audio data that is received from the remote client 

device), as claimed. 

Nguyen teaches its system may be a single client device 330 (speech 

processing system). EX1004-Nguyen, Fig. 3B, [0071]-[0072]. Nguyen further 

teaches accent conversion “functionality 352 can operate on an audio stream 

received from the microphone 336 or it can operate on one or more audio streams 

received from other participants in a virtual conference.” EX1004-Nguyen, 

[0072]. A PHOSITA would have understood that the audio stream received from 

other participants, such as a second participant, would have been captured at a 
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microphone of said participant’s device. EX1003, ¶149. Nguyen discloses that each 

client device transmits video and audio streams to other client devices through the 

virtual conference provider 310 via network 320 and receives streams from other 

client devices through the virtual conference provider via the network. EX1004-

Nguyen, [0071], Fig. 3A. These other client devices are remote from the first client 

device. EX1003, ¶149; EX1004-Nguyen, [0072]. And because the second input 

audio data (the audio which is converted to a target accent) is received by the first 

client device from another participant’s remote device, Nguyen therefore teaches 

receiv[ing] the second input audio data via one or more communication networks 

and from a user computing device that is remote from the speech processing system, 

wherein the second input audio data is captured at the user computing device. 

EX1003, ¶150. 

VI. GROUND 2: NGUYEN IN VIEW OF KEE, DIRAC, NARAYANAN, 
AND KAMRUZZAMAN RENDERS OBVIOUS CLAIM 4 OF THE ’756 
PATENT 

A. Claim 4 

1. Claim 4: “The speech processing system of claim 1, wherein 
the one or more processors are further configured to execute the 
instructions to apply a mel frequency cepstral coefficient (MFCC) 
analysis to extract a unique fingerprint of the voice of the second 
user, wherein the generated characteristics comprise the unique 
fingerprint.” 

Nguyen in view of Kee, Dirac, Narayanan, and Kamruzzaman renders 

obvious wherein the one or more processors (e.g., Nguyen’s processors) are further 
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configured to execute the instructions (e.g., Nguyen’s processor-executable 

instructions) to apply a mel frequency cepstral coefficient (MFCC) analysis to 

extract a unique fingerprint (e.g., Kamruzzaman’s MFCC analysis to create a 

support vector machine) of the voice of the second user (e.g., Nguyen’s second 

participant), wherein the generated characteristics comprise the unique fingerprint 

(e.g., Kamruzzaman’s MFCC derived support vector incorporated into Narayanan’s 

voice profile), as claimed. 

The ’756 Patent explains that “[a]n MFCC analysis extracts a unique 

fingerprint.” EX1001, 7:62. 

a) Kamruzzaman’s Teachings 

Kamruzzaman teaches the use of mel-frequency cepstrum coefficients for 

speaker identification. EX1011-Kamruzzaman, Abstract. The cepstrum coefficients 

represent speaker characteristics. EX1011-Kamruzzaman, Abstract. Regarding the 

use of MFCCs, Kamruzzaman discloses: 

A wide range of possibilities exist for parametrically 

representing the speech signal for the speaker recognition task, 

such as linear prediction coding (LPC), mel-frequency cepstrum 

coefficients (MFCC), and others. MFCC is perhaps the best 

known and most popular, and this feature has been used in this 

paper. MFCCs are based on the known variation of the human 

ear’s critical bandwidths with frequency.  

EX1011-Kamruzzaman, 1-2. 
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Fig. 1 is “[a] block diagram of the structure of an MFCC processor” which a 

PHOSITA would have understood outlines the process for performing an MFCC 

analysis. EX1011-Kamruzzaman, 2; EX1003, ¶155. 

 

EX1011-Kamruzzaman, Fig. 1. 

Kamruzzaman discloses that by performing the steps of Fig. 1, “a set of mel-

frequency cepstrum coefficients is computed.” EX1011-Kamruzzaman, 2. “This set 

of coefficients is called an acoustic vector,” which is “used to represent and 

recognize the voice characteristic of the speaker.” EX1011-Kamruzzaman, 2. A 

PHOSITA would have understood that the acoustic vector representation of the 

speaker’s voice characteristics contains speaker identifying information. EX1003, 

¶156; see EX1001, 7:62. 

Further, because Kamruzzaman describes using a Support Vector Machine 

(SVM) which uses the variability from its MFCCs, Kamaruzzaman teaches (MFCC) 

analysis to extract a unique fingerprint, as claimed. EX1011-Kamruzzaman, 1-2; 

EX1003, ¶156 (explaining how a PHOSITA would have understood 
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Kamruzzaman’s MFCC technique to capture speaker-specific information in order 

to construct a global support vector, such as for use in Narayanan’s voice profile). 

b) Motivation to Combine 

Nguyen-Kee-Dirac-Narayanan does not expressly teach using voice 

characteristics extracted with an MFCC analysis in the voice profile. However, 

Kamruzzaman does teach using MFCC coefficients to represent the voice 

characteristics of a speaker. 

A PHOSITA would have been motivated to incorporate Kamruzzaman’s 

MFCC analysis into the Nguyen-Kee-Dirac-Narayanan system’s voice profile with 

a reasonable expectation of success for several reasons. EX1003, ¶158. 

First, Nguyen specifically states that to alleviate communication issues, the 

system converts one accent to another accent while retaining the identity 

characteristics of the original speaker. EX1004-Nguyen, [0013]. However, Nguyen 

does not provide a detailed explanation of what characteristics are identity 

characteristics, nor does Nguyen provide a list of characteristics to preserve. 

EX1003, ¶159. While Narayanan provides characteristics, such as audio spectral 

patterns and intonation, to be included in a speaker’s voice profile, Narayanan does 

not provide specifics for how the various traits are determined and represented. 

EX1003, ¶159. Accordingly, and based on these references’ disclosures, a 

PHOSITA would have been motivated to look to an additional reference, such as 
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Kamruzzaman, for specific implementation details of obtaining 

features/characteristics from a speech signal to incorporate into the voice profile. 

EX1011-Kamruzzaman, 1. Kamruzzaman is one example which provides that, and 

explains how MFCCs represent the voice characteristics of a speaker. EX1011-

Kamruzzaman, 2. Thus, a PHOSITA would have looked to Kamruzzaman for 

specifics on how features are determined and represented. EX1011-Kamruzzaman, 

2; EX1003, ¶159. Use of MFCCs to represent the voice characteristics of a speaker 

was also well known in the art at the time of the ’756 Patent. EX1003, ¶159. 

Second, such a combination would have constituted applying a known 

technique (e.g., Kamruzzaman’s use of MFCCs) to a known device (e.g., Nguyen-

Narayanan’s voice profiles) ready for improvement to yield predictable results (e.g., 

extracting improved identity characteristics). KSR, 550 U.S. at 417-418. Because 

MFCCs are based on the human ear’s ability to hear certain frequencies, a PHOSITA 

would have understood that providing the voice profile with data that represents the 

voice characteristics of the speaker based on humans’ frequency perception would 

have improved the performance of the accent conversion model. EX1003, ¶160; 

EX1011-Kamruzzaman, 2. Retaining voice characteristics perceptible to a human 

would have improved the resulting output audio with a modified accent to sound 

more like the original speaker. EX1003, ¶160. 
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Finally, a PHOSITA would have had a reasonable expectation of success in 

making the combination because the Nguyen-Kee-Dirac-Narayanan combination 

already teaches generating characteristics stored in the voice profile, and 

Kamruzzaman simply provides an additional, and well-known, method to generate 

characteristics, which a PHOSITA would have readily been able to implement. 

EX1003, ¶161. A PHOSITA would have understood that it would have required only 

minor changes to the software of the Nguyen-Kee-Dirac-Narayanan combination to 

implement an MFCC analysis to generate characteristics for the voice profile. 

EX1003, ¶161. 

VII. GROUND 3: NGUYEN IN VIEW OF DIRAC, NARAYANAN, AND 
WANG RENDERS OBVIOUS CLAIM 5 OF THE ’756 PATENT 

A. Claim 5 

1. Claim 5: “The speech processing system of claim 1, wherein 
the one or more processors are further configured to execute the 
instructions to apply a speaker identity encoding technique to 
encode speaker-specific voice characteristics, wherein the generated 
characteristics comprise the speaker-specific voice characteristics.” 

Nguyen in view of Kee, Dirac, Narayanan, and Wang renders obvious 

wherein the one or more processors (e.g., Nguyen’s processors) are further 

configured to execute the instructions (e.g., Nguyen’s processor-executable 

instructions) to apply a speaker identity encoding technique (e.g., Wang’s use of a 

speaker encoder) to encode speaker-specific voice characteristics (e.g., 

Narayanan’s characteristics of the speaker’s specific speech are encoded with 
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Wang’s speaker encoder to generate speaker embedding data), wherein the 

generated characteristics comprise the speaker-specific voice characteristics (e.g., 

Narayanan’s voice profile comprises the speaker embedding data generated from 

applying Wang’s speaker encoder to Narayanan’s characteristics of the speaker’s 

specific speech ), as claimed. 

The ’756 Patent explains that the speaker-specific voice characteristics may 

include pitch, timbre, and/or rhythm. EX1001, 6:35-36. Narayanan teaches that the 

voice characteristics stored in the voice profile “may include audio spectral patterns, 

vocal frequency, vocal pitch, speaking speed, intonation, loudness, amplitude, 

speech patterns, speech cadence, the number and/or duration of utterances, the 

number and/or duration of breaks between utterances, etc.” Thus, Narayanan’s 

characteristics of the speaker’s specific speech stored in the voice profile are 

speaker-specific voice characteristics and are part of the generated characteristics.  

Narayanan does not expressly teach apply[ing] a speaker identity encoding 

technique to encode speaker-specific voice characteristics. 

a) Wang’s Teachings 

Wang teaches “[a]n expressive speech translation system [that] may process 

source speech in a source language and output synthesized speech in a target 

language while retaining vocal performance characteristics such as intonation, 
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emphasis, rhythm, style, and/or emotion.” EX1007-Wang, Abstract. Fig. 1B depicts 

the expressive speech translation system. 

 

EX1007-Wang, Fig. 1B. Wang teaches that the system may use the various 

components to “disentangle” the voice and speech characteristics from the identity 

of the speaker and the language spoken. EX1007-Wang, [0028]. This functionality 

is accomplished using “a language feature storage component 190 that stores 

language embedding data 195 for various languages/dialects/locales/accents/etc.” 

EX1007-Wang, [0029]. Therefore, Wang teaches that the speech translation system 

is applied to speech with different accents. 
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Specifically, regarding the speaker encoding, Wang teaches: 

The expressive speech translation system 100 may include a 

speaker encoder 130 for generating speaker embedding data 

135. The speaker embedding data 135 represents voice identity 

characteristics that differ from speaker to speaker such as 

fundamental frequency (e.g., pitch), timbre, cadence, etc. In 

some implementations, the expressive speech translation system 

100 may use the speaker encoder 130 to generate speaker 

embedding data 135b using the input audio data; thus, generating 

a speaker embedding that represents a speaker of the source 

speech. 

EX1007-Wang, [0030]. The voice identity characteristics of Wang overlap with the 

characteristics described in Narayanan. EX1003, ¶167 (comparing EX1007-Wang, 

[0030] to EX1006-Narayanan, [0075]). Like the characteristics of Narayanan, which 

are “generally representative of the speaker’s speech[,]”  the voice identity 

characteristics of Wang, which “differ from speaker to speaker,” are vocal traits that 

are distinct to a speaker and represent speaker-specific voice characteristics. 

EX1003, ¶167; See Claim 1[b]. 

Wang also teaches “[t]he expressive speech translation system 100 may 

include a speaker bank 133 that stores speaker embedding data 135a corresponding 

to different voice identities.” EX1007-Wang, [0030]. 
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Finally, Wang teaches that “[u]sing the speaker embedding data 135 … an 

expressive speech generator 180 may synthesize speech that reflects the speech 

characteristics of the target language while reproducing the original speaker’s 

expressiveness and preserving their voice identity characteristics.” EX1007-Wang, 

[0047].  

b) Motivation to Combine 

In the Nguyen-Kee-Dirac-Narayanan-Wang combination, the system encodes 

the voice identity characteristics of the second speaker taught by Narayanan into a 

speaker embedding, as taught by Wang. In such a combination, the speaker 

embedding data is included in the voice profile of the second user, as taught by 

Narayanan. 

A PHOSITA would have been motivated to incorporate Wang’s technique of 

encoding the speaker identity characteristics into a speaker embedding into the 

Nguyen-Kee-Dirac-Narayanan system’s voice profile with a reasonable expectation 

of success for several reasons. EX1003, ¶172. 

First, while Narayanan provides specific identity characteristics as candidates 

for preservation, a PHOSITA would have understood that in order for the identity 

characteristics to be usable by a machine learning model, the identity characteristics 

must be first encoded in a usable medium. EX1003, ¶173. Accordingly, a PHOSITA 

would have looked to a reference, such as Wang, which provides a method for 
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converting the identity characteristics into embeddings usable by a machine learning 

model. EX1003, ¶173. Wang teaches an encoder that encodes the identity 

characteristics into a speaker embedding that is usable by the processing system to 

preserve those characteristics when synthesizing data. EX1007-Wang, [0030], 

[0049]. 

Second, such a combination would have constituted applying a known 

technique (e.g., Wang’s technique for encoding identity characteristics into a speaker 

embedding) to a known method (e.g., Nguyen-Kee-Dirac-Narayanan’s identity 

characteristics contained in the voice profiles) ready for improvement to yield 

predictable results (e.g., Nguyen-Kee-Dirac-Narayanan’s accent translation system 

would improve in its ability to process and preserve the identity characteristics 

contained in the voice profile via their encoding into a speaker embedding). KSR, 

550 U.S. at 417-418. Further, using encoding to convert data to a form usable by 

machine learning models was well known in the art at the time of the ’756 Patent. 

EX1003, ¶174. 

Finally, a PHOSITA would have had a reasonable expectation of success in 

making the combination because the Nguyen-Kee-Dirac-Narayanan combination 

already teaches generating and preserving characteristics stored in the voice profile 

using a machine learning model, and Wang simply provides a well-known way to 

prepare the characteristics for processing by a machine learning model. EX1003, 
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¶175. A PHOSITA would have understood that it would have required only minor 

changes to the software of the Nguyen-Kee-Dirac-Narayanan combination to 

encode the identity characteristics into a speaker embedding, as taught by Wang, and 

store the speaker embedding in a voice profile. EX1003, ¶175. 

VIII. GROUND 4: NGUYEN IN VIEW OF DIRAC, NARAYANAN, AND 
KAMRUZZAMAN RENDERS OBVIOUS CLAIMS 7-11 AND 13 OF THE 
’756 PATENT 

Ground 4 relies on the same prior art references as Ground 2, except that the 

claims of Ground 4 do not recite an “audio interface,” and therefore do not rely on 

Kee.  

A. Claim 7 

1. Claim 7[Pre]: “A method for real-time accent mimicking, the 
method implemented by a speech processing system and 
comprising:” 

To the extent the preamble is limiting, Nguyen discloses, or at least renders 

obvious, a method for real-time accent mimicking (e.g., Nguyen’s accent conversion 

method), the method implemented by a speech processing system (e.g., Nguyen’s 

system for accent conversion for virtual conferences), as claimed. 

As established in Claim 1[Pre], Nguyen discloses a speech processing system. 

See Claim 1[Pre]. Nguyen teaches a method for accent conversion to convert a 

second participant’s accent to a first participant’s accent (e.g., accent mimicking) for 

virtual conferences that is implemented by the speech processing system. EX1004-

Nguyen, Title, Abstract; see Claim 1[Pre]. Nguyen also teaches that during a 
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conference, participants communicate with each other and the virtual conference 

provider. EX1004-Nguyen, [0025], [0027]. This communication happens over a 

“real-time media server.” EX1004-Nguyen, [0052]-[0054]. Nguyen further teaches 

that the accent conversion process receives “audio streams from the virtual 

conference and each generates an output audio stream having the corresponding 

target accent.” EX1004-Nguyen, [0070]. Nguyen teaches that “[t]he generated 

output audio stream(s) can then be provided to the requesting participants instead of 

the original unaltered audio stream.” EX1004-Nguyen, [0070]. Because the system 

is performing the accent conversion during a virtual conference, over a real-time 

media server, a PHOSITA would have understood that Nguyen’s accent conversion 

method occurs in real-time. EX1003, ¶178. 

2. Claim 7[a]: “applying one or more trained machine learning 
models to first input audio data to extract accent features of first 
input speech associated with a first accent of a first user;” 

See Claim 1[a]. 

3. Claim 7[b]: “analyzing obtained second input audio data 
associated with second input speech associated with a second accent 
of a second user to generate characteristics specific to a natural 
voice of the second user, wherein the generated characteristics 
comprise a unique fingerprint of the voice of the second user;” 

See Claim 4. 
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4. Claim 7[c]: “synthesizing a modified version of the second 
input speech by modifying the obtained second input audio data 
based on the generated characteristics and the extracted accent 
features; and” 

See Claim 1[c]. 

5. Claim 7[d]: “providing output audio data generated based on 
the modified version of the second input speech.” 

See Claim 1[d]. 

B. Claim 8 

1. Claim 8: “The method of claim 7, wherein the modified 
version of the second input speech preserves aspects of the natural 
voice of the second user and mimics the first accent.” 

See Claims 1[c] and 7. 

C. Claim 9 

1. Claim 9: “The method of claim 7, further comprising 
extracting from the first input audio data one or more prosodic 
features, linguistic features, or global speaker characteristics.” 

See Claims 2 and 7. 

D. Claim 10 

1. Claim 10: “The method of claim 7, wherein the accent 
features comprise one or more pitch contours, intonation patterns, 
or phoneme pronunciations and the pitch contours comprise 
variations in pitch throughout the first input speech. The intonation 
patterns comprise the rise and fall of pitch at the ends of phrases or 
sentences, or the phoneme pronunciations comprise a unique 
production of phonemes in the first accent.” 

See Claims 3 and 7. 
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E. Claim 11 

1. Claim 11: “The method of claim 7, further comprising 
applying a mel frequency cepstral coefficient (MFCC) analysis to 
extract the unique fingerprint of the voice of the second user.” 

See Claims 4 and 7. 

F. Claim 13 

1. Claim 13: “The method of claim 7, further comprising 
receiving the second input audio data from a user computing device 
that is remote from the speech processing system, wherein the 
second input audio data is captured at the user computing device.” 

See Claims 6 and 7. 

 

IX. GROUND 5: NGUYEN IN VIEW OF DIRAC, NARAYANAN, AND 
WANG RENDERS OBVIOUS CLAIMS 14-17 AND 19-20 OF THE ’756 
PATENT 

Ground 5 relies on the same prior art references as Ground 3, except that the 

claims of Ground 5 do not recite an “audio interface,” and therefore do not rely on 

Kee.   

A. Claim 14 

1. Claim 14[Pre]: “A non-transitory computer-readable medium 
comprising instructions that, when executed by at least one 
processor, cause the at least one processor to:” 

To the extent the preamble is limiting, Nguyen discloses, or at least renders 

obvious, a non-transitory computer-readable medium (e.g., Nguyen’s non-transitory 

computer readable media) comprising instructions (e.g., Nguyen’s processor-

executable instructions stored on the media) that, when executed by at least one 
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processor (e.g., Nguyen’s processor which executes the stored instructions), cause 

the at least one processor (e.g., Nguyen’s processor that performs a function 

according to the instructions) to, as claimed. 

Nguyen teaches that “one or more non-transitory computer-readable media, 

that may store processor-executable instructions that, when executed by the 

processor, can cause the processor to perform methods according to this disclosure 

as carried out, or assisted, by a processor.” EX1004-Nguyen, [0121]; see Claim 

1[Pre]. 

2. Claim 14[a]: “apply one or more trained machine learning 
models to first input audio data obtained via a microphone to extract 
accent features of first input speech associated with a first accent of 
a first user;” 

See Claim 1[a]. 

3. Claim 14[b]: “analyze obtained second input audio data 
associated with second input speech associated with a second accent 
of a second user to generate characteristics specific to a natural 
voice of the second user, wherein the generated characteristics 
comprise speaker-specific voice characteristics;” 

See Claim 5. 

4. Claim 14[c]: “synthesize a modified version of the second 
input speech by modifying the obtained second input audio data 
based on the generated characteristics and the extracted accent 
features; and” 

See Claim 1[c]. 
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5. Claim 14[d]: “provide for output via an audio output device 
output audio data generated based on the modified version of the 
second input speech.” 

See Claim 1[d]. 

B. Claim 15 

1. Claim 15: “The non-transitory computer-readable medium of 
claim 14, wherein the modified version of the second input speech 
preserves aspects of the natural voice of the second user and mimics 
the first accent.” 

See Claims 1[c] and 14. 

C. Claim 16 

1. Claim 16: “The non-transitory computer-readable medium of 
claim 14, wherein the instructions, when executed by the at least one 
processor further causes the at least one processor to extract from 
the first input audio data one or more prosodic features, linguistic 
features, or global speaker characteristics.” 

See Claims 2 and 14. 

D. Claim 17 

1. Claim 17: “The non-transitory computer-readable medium of 
claim 14, wherein the accent features comprise one or more pitch 
contour, intonation patterns, or phoneme pronunciations and the 
pitch contours comprise variations in pitch throughout the first 
input speech, the intonation patterns comprise the rise and fall of 
pitch at the ends of phrases or sentences, or the phoneme 
pronunciations comprise a unique production of phonemes in the 
first accent.” 

See Claims 3 and 14. 
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E. Claim 19 

1. Claim 19: “The non-transitory computer-readable medium of 
claim 14, wherein the instructions, when executed by the at least one 
processor to apply a speaker identity encoding technique to encode 
the speaker-specific voice characteristics.” 

See Claims 5 and 14. 

F. Claim 20 

1. Claim 20: “The non-transitory computer-readable medium of 
claim 14, wherein the instructions, when executed by the at least one 
processor further causes the at least one processor to receive the 
second input audio data via one or more communication networks 
and from a user computing device that is remote from the speech 
processing system, wherein the second input audio data is captured 
at the user computing device.” 

See Claims 6 and 14. 

X. GROUND 6: NGUYEN IN VIEW OF DIRAC, NARAYANAN, 
KAMRUZZAMAN, AND WANG RENDERS OBVIOUS CLAIMS 12 AND 18 
OF THE ’756 PATENT 

A. Claim 12 

1. Claim 12: “The method of claim 7, further comprising 
applying a speaker identity encoding technique to encode speaker-
specific voice characteristics, wherein the generated characteristics 
comprise the speaker-specific voice characteristics.” 

See Claims 5 and 7. Claim 12 requires that the generated characteristics 

comprise “a unique fingerprint of the voice of the second user” (in Claim 7) and “the 

speaker-specific voice characteristics.” As explained above, a POSITA would have 

been motivated to include both the MFCCs of Kamruzzaman and the encoded 

speaker characteristics taught by Wang in the voice profile of Narayanan for the 
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same reasons and with the same reasonable expectation of success provided in 

Claims 4 and 5.  

B. Claim 18 

1. Claim 18: “The non-transitory computer-readable medium of 
claim 14, wherein the instructions, when executed by the at least one 
processor further causes the at least one processor to apply a mel 
frequency cepstral coefficient (MFCC) analysis to extract a unique 
fingerprint of the voice of the second user, wherein the generated 
characteristics comprise the unique fingerprint.” 

See Claims 4, 12, and 14. 

 

XI. CONCLUSION 

For the foregoing reasons, Petitioner respectfully requests Post Grant review 

of the Challenged Claims. 

     Respectfully submitted, 
 
     ERISE IP, P.A. 
 
     BY:    /s/ Eric A. Buresh   
      Eric A. Buresh, Reg. No. 50,394  
      eric.buresh@eriseip.com    
      7015 College Blvd., Suite 700 
      Overland Park, KS 66211 
      P: (913) 777-5600 
      F: (913) 777-5601 
 
      COUNSEL FOR PETITIONER 
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XII. MANDATORY NOTICES UNDER 37 C.F.R. § 42.8(A)(1) 
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B. Related Matters 
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involving the ’756 Patent or related patents: 

• Sanas.ai Inc. v. Krisp Technologies, Inc., Case No. 3:25-cv-05666-TSH 
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• Krisp Technologies, Inc. v Sanas.ai Inc., IPR2026-00272 (PTAB), 

challenging U.S. Patent No. 11,948,550 

• Krisp Technologies, Inc. v Sanas.ai Inc., IPR2026-00273 (PTAB), 

challenging U.S. Patent No. 12,125,496 

• Krisp Technologies, Inc. v Sanas.ai Inc., IPR2026-00274 (PTAB), 

challenging U.S. Patent No. 12,131,745 

• Krisp Technologies, Inc. v Sanas.ai Inc., IPR2026-00275 (PTAB), 

challenging U.S. Patent No. 11,715,457 

• Krisp Technologies, Inc. v Sanas.ai Inc., PGR2026-00032 (PTAB), 

challenging U.S. Patent No. 12,412,561 
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Postal and Hand-Delivery Address: 
ERISE IP, P.A. 
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Telephone: (913) 777-5600 
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D. 37 C.F.R. § 42.8(b)(4) – Service Information 

Please address all correspondence to the lead and back-up counsel as shown 

above. Petitioner consents to electronic service by e-mail at the e-mail addresses 

provided above. 
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CLAIM LISTING APPENDIX 
U.S. Patent No. 12,417,756 for Claims 1-20 

 
Claim 

Designation 
Claim Language 

Claim 1(P) A speech processing system, comprising an audio interface 
coupled to a microphone and an audio output device, memory 
having instructions stored thereon, and one or more processors 
coupled to the memory and the audio interface and configured to 
execute the instructions to: 

Claim 1(a) apply one or more trained machine learning models to first input 
audio data obtained via the microphone and the audio interface to 
extract accent features of first input speech associated with a first 
accent of a first user; 

Claim 1(b) analyze obtained second input audio data associated with second 
input speech associated with a second accent of a second user to 
generate characteristics specific to a natural voice of the second 
user, wherein the generated characteristics correspond to vocal 
traits that are distinct to the second user and comprise one or more 
of a voice quality or one or more phonetic patterns, prosodic 
features, articulation styles, or intonation patterns; 

Claim 1(c) synthesize a modified version of the second input speech by 
modifying the obtained second input audio data based on the 
generated characteristics and the extracted accent features, 
wherein the modified version of the second input speech 
preserves aspects of the natural voice of the second user and 
mimics the first accent; and 

Claim 1(d) provide to the audio interface output audio data for output via the 
audio output device, wherein the output audio data is generated 
based on the modified version of the second input speech. 

Claim 2 The speech processing system of claim 1, wherein the one or 
more processors are further configured to execute the instructions 
to extract from the first input audio data one or more prosodic 
features, linguistic features, or global speaker characteristics. 
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Claim 
Designation 

Claim Language 

Claim 3 The speech processing system of claim 1, wherein the accent 
features comprise one or more pitch contours, other intonation 
patterns, or phoneme pronunciations and the pitch contours 
comprise variations in pitch throughout the first input speech, the 
other intonation patterns comprise the rise and fall of pitch at the 
ends of phrases or sentences, or the phoneme pronunciations 
comprise a unique production of phonemes in the first accent. 

Claim 4 The speech processing system of claim 1, wherein the one or 
more processors are further configured to execute the instructions 
to apply a mel frequency cepstral coefficient (MFCC) analysis to 
extract a unique fingerprint of the voice of the second user, 
wherein the generated characteristics comprise the unique 
fingerprint. 

Claim 5 The speech processing system of claim 1, wherein the one or 
more processors are further configured to execute the instructions 
to apply a speaker identity encoding technique to encode speaker-
specific voice characteristics, wherein the generated 
characteristics comprise the speaker-specific voice 
characteristics. 

Claim 6 The speech processing system of claim 1, wherein the one or 
more processors are further configured to execute the instructions 
to receive the second input audio data via one or more 
communication networks and from a user computing device that 
is remote from the speech processing system, wherein the second 
input audio data is captured at the user computing device. 

Claim 7(P) A method for real-time accent mimicking, the method 
implemented by a speech processing system and comprising: 

Claim 7(a) applying one or more trained machine learning models to first 
input audio data to extract accent features of first input speech 
associated with a first accent of a first user; 

Claim 7(b) analyzing obtained second input audio data associated with 
second input speech associated with a second accent of a second 
user to generate characteristics specific to a natural voice of the 
second user, wherein the generated characteristics comprise a 
unique fingerprint of the voice of the second user; 
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Claim 
Designation 

Claim Language 

Claim 7(c) synthesizing a modified version of the second input speech by 
modifying the obtained second input audio data based on the 
generated characteristics and the extracted accent features; and 

Claim 7(d) providing output audio data generated based on the modified 
version of the second input speech. 

Claim 8 The method of claim 7, wherein the modified version of the 
second input speech preserves aspects of the natural voice of the 
second user and mimics the first accent. 

Claim 9 The method of claim 7, further comprising extracting from the 
first input audio data one or more prosodic features, linguistic 
features, or global speaker characteristics. 

Claim 10 The method of claim 7, wherein the accent features comprise one 
or more pitch contours, intonation patterns, or phoneme 
pronunciations and the pitch contours comprise variations in pitch 
throughout the first input speech, the intonation patterns comprise 
the rise and fall of pitch at the ends of phrases or sentences, or the 
phoneme pronunciations comprise a unique production of 
phonemes in the first accent. 

Claim 11 The method of claim 7, further comprising applying a mel 
frequency cepstral coefficient (MFCC) analysis to extract the 
unique fingerprint of the voice of the second user. 

Claim 12 The method of claim 7, further comprising applying a speaker 
identity encoding technique to encode speaker-specific voice 
characteristics, wherein the generated characteristics comprise 
the speaker-specific voice characteristics. 

Claim 13 The method of claim 7, further comprising receiving the second 
input audio data via one or more communication networks and 
from a user computing device that is remote from the speech 
processing system, wherein the second input audio data is 
captured at the user computing device. 

Claim 14(P) A non-transitory computer-readable medium comprising 
instructions that, when executed by at least one processor, cause 
the at least one processor to: 

Claim 14(a) apply one or more trained machine learning models to first input 
audio data obtained via a microphone to extract accent features of 
first input speech associated with a first accent of a first user; 
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Claim 
Designation 

Claim Language 

Claim 14(b) analyze obtained second input audio data associated with second 
input speech associated with a second accent of a second user to 
generate characteristics specific to a natural voice of the second 
user, wherein the generated characteristics comprise speaker-
specific voice characteristics; 

Claim 14(c) synthesize a modified version of the second input speech by 
modifying the obtained second input audio data based on the 
generated characteristics and the extracted accent features; and 

Claim 14(d) provide for output via an audio output device output audio data 
generated based on the modified version of the second input 
speech. 

Claim 15 The non-transitory computer-readable medium of claim 14, 
wherein the modified version of the second input speech 
preserves aspects of the natural voice of the second user and 
mimics the first accent. 

Claim 16 The non-transitory computer-readable medium of claim 14, 
wherein the instructions, when executed by the at least one 
processor further causes the at least one processor to extract from 
the first input audio data one or more prosodic features, linguistic 
features, or global speaker characteristics. 

Claim 17 The non-transitory computer-readable medium of claim 14, 
wherein the accent features comprise one or more pitch contours, 
intonation patterns, or phoneme pronunciations and the pitch 
contours comprise variations in pitch throughout the first input 
speech, the intonation patterns comprise the rise and fall of pitch 
at the ends of phrases or sentences, or the phoneme 
pronunciations comprise a unique production of phonemes in the 
first accent. 

Claim 18 The non-transitory computer-readable medium of claim 14, 
wherein the instructions, when executed by the at least one 
processor further causes the at least one processor to apply a mel 
frequency cepstral coefficient (MFCC) analysis to extract a 
unique fingerprint of the voice of the second user, wherein the 
generated characteristics comprise the unique fingerprint. 
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Claim 
Designation 

Claim Language 

Claim 19 The non-transitory computer-readable medium of claim 14, 
wherein the instructions, when executed by the at least one 
processor further causes the at least one processor to apply a 
speaker identity encoding technique to encode the speaker-
specific voice characteristics. 

Claim 20 The non-transitory computer-readable medium of claim 14, 
wherein the instructions, when executed by the at least one 
processor further causes the at least one processor to receive the 
second input audio data via one or more communication networks 
and from a user computing device that is remote from the speech 
processing system, wherein the second input audio data is 
captured at the user computing device. 
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