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Description
BACKGROUND

[0001] Audio communication sessions, such as voice
over Internet protocol (VolP) sessions, can involve two
or more users providing audio inputs to their computing
devices and the devices exchanging encoded audio
packets indicative of the audio inputs via a network. Upon
receipt, the audio packets are decoded to obtain an audio
signal, which can be output by the receiving computing
device via a speaker. In some cases, the playback of
received audio can be captured by a microphone of the
listening computing device, such as during a period when
the listening user is not actively speaking. This captured
playback can then be transmitted and output at the other
computing device, which is also known as echo.

[0002] Document US 7 016 850 B1 refers to incoming
speech frames that are buffered, wherein a pitch period
for a current portion of the signal is estimated, and then
a pitch period of the signal is cut from that portion. This
is continued until the original access delay, as estimated
from the time lag between the commencement of voice
input for the talkspurt, and notification that a channel is
available, is eliminated. The remainder of the talkspurt
is then transmitted without such compression.

[0003] Document US 2008/281586 A1 refers to a
"speech onset detector" that provides a variable length
frame buffer in combination with either variable transmis-
sion rate or temporal speech compression for buffered
signal frames. The variable length buffer buffers frames
that are not clearly identified as either speech or non-
speech frames during an initial analysis. Buffering of sig-
nal frames continues until a current frame is identified as
either speech or non-speech. If the current frame is iden-
tified as non-speech, buffered frames are encoded as
non-speech frames. However, ifthe currentframe isiden-
tified as a speech frame, buffered frames are searched
for the actual onset point of the speech. Once that onset
point is identified, the signal is either transmitted in a
burst, or a time-scale modification of the buffered signal
is applied for compressing buffered frames beginning
with the frame in which onset pointis detected.; The com-
pressed frames are then encoded as one or more speech
frames.

[0004] DocumentEP 1750 397 A1 refers to preventing
a receiving buffer from becoming empty by: storing re-
ceived packets in the receiving buffer; detecting the larg-
est arrival delay jitter of the packets and the buffer level
of the receiving buffer by a state detecting part; obtaining
an optimum buffer level for the largest delay jitter using
a predetermined table by a control part; determining,
based on the detected bufferlevel and the optimum buffer
level, the level of urgency about the need to adjust the
buffer level; expanding or reducing the waveform of a
decoded audio data stream of the current frame decoded
from a packet read out of the receiving buffer by a con-
sumption adjusting part to adjust the consumption of re-
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production frames on the basis of the urgency level, the
detected buffer level, and the optimum buffer level.

SUMMARY

[0005] The present invention is defined in the inde-
pendent claims. Preferred embodiments are defined in
the dependent claims. A computer-implemented method,
a first computing device, and a computer-readable me-
dium are presented. The first computing device can in-
clude one or more processors and a non-transitory mem-
ory storing a set of instructions that, when executed by
the one or more processors, causes the first computing
device to perform operations. The computer-readable
medium can also have the set of instructions stored ther-
eon that, when executed by the one or more processors
of the first computing device, causes the first computing
device to perform the operations.

[0006] The method and the operations can include ob-
taining, by the first computing device, an audio input sig-
nal for an audio communication session with a second
computing device using audio data captured by a micro-
phone of the first computing device; analyzing, by the
first computing device, the audio input signal to detect a
speech input by a first user associated with the first com-
puting device; determining, by the first computing device,
aduration of a detection period from when the audio input
signal was obtained until the analyzing has completed;
transmitting, from the first computing device and to the
second computing device, (i) a portion of the audio input
signal beginning at a start of the speech input and (ii) the
detection period duration, wherein receipt of the portion
of the audio input signal and the detection period duration
causes the second computing device to accelerate play-
back of the portion of the audio input signal to compen-
sate for the detection period duration; analyzing, by the
first computing device, the audio input signal to detect
an end of the speech input by the first user; and termi-
nating transmission, from the first computing device to
the second computing device, of the portion of the audio
input signal at a point corresponding to the detected end
of the speech input by the first user.

[0007] Insome embodiments, the method and the op-
erations can further include encoding, by the first com-
puting device, the portion of the audio input signal to ob-
tain a set of audio packets, wherein the transmitting in-
cludes transmitting, to the second computing device, (i)
the set of audio packets and (ii) the detection period du-
ration.

[0008] Insomeembodiments multiple pitch periods are
removed, in particular multiple pitch periods having a
length of less than 15 milliseconds, in particular less than
7.5 milliseconds. This limiting can prevent buffering prob-
lems.

[0009] In some embodiments, receipt of the set of au-
dio packets and the detection period duration causes the
second computing device to: decode the set of audio
packets to obtain an audio output signal; remove a re-
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dundant portion of the audio output signal corresponding
to one or more pitch periods to obtain the modified audio
output signal, wherein the modified output signal has a
shorter length than the audio output signal; and output,
by a speaker of the second computing device, the mod-
ified audio output signal. In some embodiments, a quan-
tity of the one or more removed pitch periods corresponds
to the detection period duration. In some embodiments,
receipt of the set of audio packets and the detection pe-
riod duration causes the second computing device to re-
move the redundant portion of the audio output signal
by: cross-correlating the audio output signal with itself to
obtain an autocorrelation signal; and detecting one or
more peaks of the autocorrelation signal that exceed a
threshold indicative of the one or more pitch periods of
the audio output signal.

[0010] In a further embodiment the threshold is in the
range of 0.9 to 0.3, in particular in the range of 0.6 and
0.45, more particular 0.5, wherein lower thresholds can
yield increased speed.

[0011] In some embodiments, analyzing the audio in-
put signal to detect the speech input includes applying a
voice activity detection (VAD) technique to the audio in-
put signal, the VAD technique having an aggressiveness
or accuracy that corresponds to the detection period du-
ration. In some embodiments, applying the voice detec-
tion technique to the audio input signal includes distin-
guishing the speech input by the first user from speech
by the second user within the audio input signal.

[0012] Further areas of applicability of the present dis-
closure will become apparent from the detailed descrip-
tion provided hereinafter. It should be understood that
the detailed description and specific examples are in-
tended for purposes of illustration only and are not in-
tended to limit the scope of the invention, as defined by
the appended claims.

BRIEF DESCRIPTION OF THE DRAWINGS

[0013] The present disclosure will become more fully
understood from the detailed description and the accom-
panying drawings, wherein:

FIG. 1 is a diagram of a computing system including
an example computing device according to some im-
plementations of the present disclosure;

FIG. 2 is a functional block diagram of the example
computing device of FIG. 1; and

FIG. 3 is a flow diagram of an example technique for
decreasing echo and transmission periods for audio
communication sessions according to some imple-
mentations of the present disclosure.

DETAILED DESCRIPTION

[0014] During audio communication sessions, such as
voice over Internet protocol (VolP) sessions, audio pack-
ets are received and decoded to obtain an audio signal,
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which is output by the receiving computing device via a
speaker. In some cases, the playback of received audio
can be captured by a microphone of the computing de-
vice, such as during a period when the listening user is
not actively speaking. This captured audio playback can
then be transmitted to and output by the other computing
device, which is also known as echo. To minimize echo,
echo suppression or echo cancellation techniques can
be used. Echo cancellation, for example, can involve
identifying the output audio signal that is output by the
speaker and then detecting and removing the output au-
dio signal from the input audio signal captured by the
microphone. These techniques, however, do not work in
certain environments, e.g., noisy areas. As aresult, users
may have to manually mute the microphones of their
computing devices while they are not talking. Other tech-
niques aim to detect local speech and only transmit audio
when the user is actively speaking, but this can result in
clipping of the user’s speech and/or the audio becoming
out-of-sync with corresponding video, e.g., for a video
chat session.

[0015] Accordingly, improved techniques are present-
ed for decreasing echo and transmission periods for au-
dio communication sessions. The techniques begin by
detecting when a user is speaking (e.g., using a voice
activity detection, or VAD technique). For accuracy pur-
poses, there may be a slight lag (e.g., one hundred mil-
liseconds or more) associated with the VAD technique.
This analysis of this audio input can also involve distin-
guishing between the local user's speech and filtering
out or ignoring speech by the other user (e.g., captured
echo). Once speech is detected, the computing device
can begin transmission. This transmission can include a
portion of the speech input back to the point when speech
was initially detected. The other computing device can
receive the transmitted audio, but there will be a synchro-
nization gap, e.g., due to the VAD technique.

[0016] The transmitting computing device, therefore,
can also calculate and transmit information indicative of
a duration of the delay period. This can be used by the
receiving device to rapidly regain sync without clipping
any of the audio. Instead of speeding up the audio play-
back, which is done by conventional techniques and can
undesirably affect the pitch, the receiving computing de-
vice can detect and remove a redundant portion of the
audio output signal corresponding to one or more pitch
periods before playback. Removing one or more pitch
periods results in faster playback, because the length of
the audio signal is shortened, but without any undesirable
pitch modification.

[0017] Onetechnical problembeingsolved is echo pre-
vention. As mentioned above, this echo can occur due
to audio playback being captured by the listening com-
puting device and transmitted back to the originating
computing device. The technical advantages of these
techniques include not requiring the user to actively con-
trol the microphone/speakers to avoid echo. Another
technical problem being solved is audio synchronization
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after a delay without affecting the audio pitch. As men-
tioned above, conventional techniques accelerate audio
playback, which affects the pitch and is undesirable to
the listening user. The technical advantages of these
techniques, therefore, include fast audio playback syn-
chronization after a delay without affecting the audio
pitch.

[0018] Referring now to FIG. 1, a diagram of an exam-
ple computing network 100 is illustrated. The computing
network 100 can include a first computing device 104
that can communicate with a second computing device
108 via a network 112. While mobile phone configura-
tions of the computing devices 104, 108 are illustrated,
it will be appreciated that the first and second computing
devices 104, 108 can be any suitable computing devices
configured for communication via the network 112 (desk-
top computers, laptop computers, tablet computers,
etc.). The network 112 can be a cellular network (2G,
3G, 4G long term evolution (LTE), etc.), a computing net-
work (local area network, the Internet, etc.), or some com-
bination thereof. A server computing device 116 can also
communicate via the network 112. Forexample, the serv-
er computing device 116 could coordinate the audio com-
munication session (e.g., a voice over Internet protocol
(VolP) session) between the first and second computing
devices 104, 108.

[0019] This audio communication session could be es-
tablished, for example, in response to inputs from users
120, 124 at one or both of the first and second computing
devices 104, 108. For example, the second user 124 may
provide an input at the second computing device 108 to
call the first user 120 (an audio communication session
request), which could then be accepted by the first user
120 via another input at the first computing device 104,
thereby establishing the audio communication session.
During the audio communication session, audio packets
corresponding to audio inputs (e.g., from users 120, 124)
can be exchanged via the server computing device 116
between the first and second computing devices 104,
108. While the first computing device 104 is described
as receiving audio data packets from the second com-
puting device 108, it will be appreciated that the first com-
puting device 104 can also transmit audio packets to the
second computing device 108.

[0020] The term "audio communication session" as
used herein can refer to either an audio-only communi-
cation session or an audio/video communication session.
Further, while the techniques herein are described as
being implemented at one of the first and second com-
puting devices 104, 108 that is receiving the audio pack-
ets (the receiving device), it will be appreciated that at
least a portion of these techniques could be implemented
at the server computing device 116. More particularly,
when the server computing device 116 is coordinating
the audio communication session, the audio packets can
flow through the server computing device 116. For ex-
ample, the server computing device 116 could have a
queue of audio packets and could perform at least a por-
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tion of these techniques, such as decoding, compressing,
and then re-encoding for transmission to the receiving
device, which could then merely decode and playback
upon receipt.

[0021] Referring now to FIG. 2, a functional block dia-
gram of an example computing device 200 is illustrated.
The computing device 200 can represent the configura-
tions of the first and second computing devices 104, 108.
It will be appreciated that the server computing device
116 could also have the same or similar configuration as
the computing device 200. The computing device 200
can include a communication device 204 (e.g., a wireless
transceiver) configured for communication via the net-
work 112. A processor 208 can be configured to control
operation of the computing device 200. The term "proc-
essor" as used herein can refer to both a single processor
and two or more processors operating in a parallel or
distributed architecture. A memory 212 can be any suit-
able storage medium (flash, hard disk, etc.) configured
to store information at the computing device 200. In one
implementation, the memory 212 can store instructions
executable by the processor 208 to cause the computing
device 200 to perform at least a portion of the disclosed
techniques.

[0022] The computing device 200 can also include a
microphone 216 configured to capture audio input and a
speaker 220 configured to generate audio output. The
microphone 216 can be any suitable acoustic-to electric
transducer or sensor that converts sound into an electri-
cal signal. This can include speech (e.g., by users 120,
124) as well as other noise, such as background noise.
The captured audio data (e.g., an analog signal) is then
digitized and converted to an audio input signal (e.g., a
digital signal). This audio input signal can be encoded
into audio packets for transmission via the network 112.
Received audio packets can be decoded into an audio
output signal. The audio output signal can be provided
to the speaker 220, which in turn can produce audible
sound corresponding to the audio output signal. The
speaker 220 can include a set of electroacoustic trans-
ducers that convert an electrical signal into a correspond-
ing sound. While not shown, it will be appreciated that
the computing device 200 can include other suitable com-
ponents, such as a display (a touch display), physical
buttons, a camera, and the like.

[0023] Once the audio communication session is es-
tablished between the first and second computing devic-
es 104, 108, audio information can be exchanged. The
first computing device 104 can capture audio information
using its microphone 216 to obtain an audio input signal.
The first computing device 104 can then analyze the au-
dio input signal to detect a speech input by the first user
120, such as by applying speech detection (e.g., a VAD
technique) onthe audio input signal. To achieve adesired
accuracy, the VAD technique may have a slight delay
associated therewith (e.g., a few hundred milliseconds).
This delay period, also referred to herein as a detection
period, can be described as having a duration that cor-
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responds to an aggressiveness or accuracy of the VAD
technique. In other words, this period represents a delay
from when the audio input signal is obtained to a point
where the speech input is detected.

[0024] Once the speech input is detected in the audio
input signal, the first computing device 104 can identify
a portion of the audio input signal beginning at the point
of the detected speech. The first computing device 104
can then encode audio data packets corresponding to
this identified portion of the audio input signal. The first
computing device 104 can transmit these encoded audio
data packets to the second computing device 108, along
with information indicative of the detection period dura-
tion. This information relating to the detection period du-
ration could also be included in encoded data packets.
No audio information, however, is transmitted prior to
these encoded audio data packets. By transmitting only
the portion of the audio input signal beginning with the
speech input, echo can be decreased or eliminated with-
out using an echo canceler or suppresser.

[0025] Thefirstcomputingdevice 104 canalsoanalyze
the audio input signal to determine an end of the speech
input by the first user 120. Once the end of this speech
input has been detected, the first computing device 104
can terminate transmission of the portion of the audio
input signal to the second computing device 108. The
transmission termination point can be a particular point
in the audio input signal that corresponds to the detected
end of the speech input. The first computing device 104
can then continue analyzing the audio input signal to de-
tect a next occurrence of a speech input by the first user
120, after which transmission to the second computing
device 108 canresume according to the techniques here-
in.

[0026] The second computing device 108 can receive
the encoded audio packets and can decode the encoded
audio packets to obtain an audio output signal. The sec-
ond computing device 108 can also receive the informa-
tion indicative of the detection period duration and can
process it accordingly to obtain the detection period du-
ration. The second computing device 108 can then ac-
celerate playback of the audio output signal to compen-
sate for the determined detection period. This accelera-
tion of the audio playback can include compressing (e.g.,
removing a redundant portion of) the audio output signal
and then outputting the modified audio output signal. In
some implementations, a quantity of the one or more
removed pitch periods corresponds to the detection pe-
riod duration. After the pitch period(s) are removed, the
second computing device 108 has a modified audio out-
put signal having a shorter duration than the original au-
dio output signal, which results in accelerated playback.
[0027] In some implementations, the second comput-
ing device 108 can utilize signal correlation to identify
one or more pitch periods for removal. More particularly,
the second computing device 108 can cross-correlate
the audio output signal with itself to obtain an autocorre-
lation signal. Autocorrelation, cross-autocorrelation, and

10

15

20

25

30

35

40

45

50

55

serial correlation all refer to the process of cross-corre-
lating a signal with itself at different temporal points. The
autocorrelation signal represents a similarity of samples
as a function of a time gap between them and it can be
used for identifying the presence of a periodic signal ob-
scured by noise. Specifically, the second computing de-
vice 108 can identify a peak in the autocorrelation signal,
which represents a strong periodicity in the audio output
signal. This identification can be performed using a
threshold. For example only, a threshold of approximate-
ly 0.5 can be used. In contrast, a straightforward accel-
erated playback technique might use a threshold of ap-
proximately 0.9. It will be appreciated that any suitable
threshold may be used, but lower thresholds will gener-
ally provide for increased speed.

[0028] Specifically, the lower threshold of approxi-
mately 0.5 increases speed (e.g., up to -15%) while mak-
ing little if any difference on the quality of the modified
audio output signal. The location of this peak can also
represent a pitch period of the audio input signal (i.e., a
pitch period of the speech). The second computing de-
vice 108 can then remove at least one of the pitch periods
from the audio output signal to obtain a modified audio
output signal. In some implementations, multiple pitch
periods could be removed, but the length of the multiple
pitch periods could be limited to a certain size (e.g., less
than 7.5 milliseconds) to avoid potential buffering prob-
lems. Various combinations of the above could also be
implemented: lower correlation threshold only, removal
of multiple pitch periods, or both. The results can include
up to 25% increased speed compared to straightforward
playback acceleration techniques, while not having a
negative effect on audio output pitch. The effective ac-
celerate rate is increased to between 50% and 90%, de-
pending on the audio input signal, which translated to
reducing buffer delay by 500ms to 900ms.

[0029] Referring now to FIG. 3, a flow diagram of an
example technique 300 for decreasing echo and trans-
mission periods for audio communication sessions is
shown. At 304, an audio communication session (VolIP,
video chat, etc.) can be established (e.g., by the server
computing device 116) between the first computing de-
vice 104 and the second computing device 108. At 308,
the first computing device 104 can obtain an audio input
signal for the audio communication session based on
audio data captured by its microphone 216. At 312, the
first computing device 104 can analyze the audio input
signal to detect a speech input by the first user 120. At
316, the first computing device 104 can determine a du-
ration of a detection period from when the audio input
signal is obtained to when the analyzing has completed.
At 320, the first computing device 104 can transmit, to
the second computing device 108, the portion of the audio
input signal (e.g., encoded audio packets) and the de-
tection period duration.

[0030] At 324, the first computing device 104 can an-
alyze the audio input signal to detect an end of the speech
input by the first user 120. If the end is not detected, the
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technique 300 can return to 324. If the end is detected,
however, the technique 300 can proceed to 328 where
the first computing device 104 can terminate transmis-
sion of the portion of the audio input signal at an appro-
priate point. The technique 300 can then end or return
to 304. As previously discussed herein, receipt of the
portion of the audio input signal and the detection period
duration causes the second computing device 108 to ac-
celerate playback of the portion of the audio input signal
to compensate for the detection period duration, e.g., by
removing a redundant portion of the audio output signal
corresponding to one or more pitch periods to obtain a
modified audio output signal for output by its speaker 220.
[0031] One or more systems and methods discussed
herein do not require collection or usage of user personal
information. In situations in which certain implementa-
tions discussed herein may collect or use personal infor-
mation about users (e.g., user data, information about a
user’s social network, user’s location and time, user’s
biometric information, user’s activities and demographic
information), users are provided with one or more oppor-
tunities to control whether the personal information is col-
lected, whether the personalinformationis stored, wheth-
er the personal information is used, and how the infor-
mation is collected about the user, stored and used. That
is, the systems and methods discussed herein collect,
store and/or use user personal information only upon re-
ceiving explicit authorization from the relevant users to
do so. In addition, certain data may be treated in one or
more ways before it is stored or used so that personally
identifiable information is removed. As one example, a
user’s identity may be treated so that no personally iden-
tifiable information can be determined. As another exam-
ple, a user’s geographic location may be generalized to
a larger region so that the user’s particular location can-
not be determined.

[0032] Example embodiments are provided so that this
disclosure will be thorough. Numerous specific details
are set forth such as examples of specific components,
devices, and methods, to provide a thorough understand-
ing of embodiments of the present disclosure. It will be
apparent to those skilled in the art that specific details
need not be employed, that example embodiments may
be embodied in many different forms and that neither
should be construed to limit the scope of the invention,
as defined by the appended claims. In some example
embodiments, well-known procedures, well-known de-
vice structures, and well-known technologies are not de-
scribed in detail.

[0033] The terminology used herein is for the purpose
of describing particular example embodiments only and
is notintended to be limiting. As used herein, the singular
forms "a," "an," and "the" may be intended to include the
plural forms as well, unless the context clearly indicates
otherwise. The term "and/or" includes any and all com-
binations of one or more of the associated listed items.
The terms "comprises," "comprising," "including," and
"having," are inclusive and therefore specify the pres-
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ence of stated features, integers, steps, operations, ele-
ments, and/or components, but do not preclude the pres-
ence or addition of one or more other features, integers,
steps, operations, elements, components, and/or groups
thereof. The method steps, processes, and operations
described herein are not to be construed as necessarily
requiring their performance in the particular order dis-
cussed or illustrated, unless specifically identified as an
order of performance. It is also to be understood that
additional or alternative steps may be employed.
[0034] Although the terms first, second, third, etc. may
be used herein to describe various elements, compo-
nents, regions, layers and/or sections, these elements,
components, regions, layers and/or sections should not
be limited by these terms. These terms may be only used
to distinguish one element, component, region, layer or
section from anotherregion, layer or section. Terms such
as "first," "second," and other numerical terms when used
herein do not imply a sequence or order unless clearly
indicated by the context. Thus, a first element, compo-
nent, region, layer or section discussed below could be
termed a second element, component, region, layer or
section without departing from the teachings of the ex-
ample embodiments.

[0035] As used herein, the term module may refer to,
be part of, or include: an Application Specific Integrated
Circuit (ASIC); an electronic circuit; a combinational logic
circuit; a field programmable gate array (FPGA); a proc-
essor or a distributed network of processors (shared,
dedicated, or grouped) and storage in networked clusters
or datacenters that executes code or a process; other
suitable components that provide the described function-
ality; or a combination of some or all of the above, such
as in a system-on-chip. The term module may also in-
clude memory (shared, dedicated, or grouped) that
stores code executed by the one or more processors.
[0036] The term code, as used above, may include
software, firmware, byte-code and/or microcode, and
may refer to programs, routines, functions, classes,
and/or objects. The term shared, as used above, means
that some or all code from multiple modules may be ex-
ecuted using a single (shared) processor. In addition,
some or all code from multiple modules may be stored
by a single (shared) memory. The term group, as used
above, means that some or all code from a single module
may be executed using a group of processors. In addition,
some or all code from a single module may be stored
using a group of memories.

[0037] The techniques described herein may be imple-
mented by one or more computer programs executed by
one or more processors. The computer programs include
processor-executable instructions that are stored on a
non-transitory tangible computer readable medium. The
computer programs may also include stored data. Non-
limiting examples of the non-transitory tangible computer
readable medium are nonvolatile memory, magnetic
storage, and optical storage.

[0038] Some portions of the above description present
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the techniques described herein in terms of algorithms
and symbolic representations of operations on informa-
tion. These algorithmic descriptions and representations
are the means used by those skilled in the data process-
ing arts to most effectively convey the substance of their
work to others skilled in the art. These operations, while
described functionally or logically, are understood to be
implemented by computer programs. Furthermore, it has
also proven convenient at times to refer to these arrange-
ments of operations as modules or by functional names,
without loss of generality.

[0039] Unless specifically stated otherwise as appar-
ent from the above discussion, it is appreciated that
throughout the description, discussions utilizing terms
such as "processing" or "computing" or "calculating" or
"determining"” or "displaying" or the like, refer to the action
and processes of acomputer system, or similar electronic
computing device, that manipulates and transforms data
represented as physical (electronic) quantities within the
computer system memories or registers or other such
information storage, transmission or display devices.
[0040] Certain aspects of the described techniques in-
clude process steps and instructions described herein in
the form of an algorithm. It should be noted that the de-
scribed process steps and instructions could be embod-
ied in software, firmware or hardware, and when embod-
ied in software, could be downloaded to reside on and
be operated from different platforms used by real time
network operating systems.

[0041] The present disclosure also relates to an appa-
ratus for performing the operations herein. This appara-
tus may be specially constructed for the required purpos-
es, or it may comprise a general-purpose computer se-
lectively activated or reconfigured by a computer pro-
gram stored on a computer readable medium that can
be accessed by the computer. Such a computer program
may be stored in a tangible computer readable storage
medium, such as, but is not limited to, any type of disk
including floppy disks, optical disks, CD-ROMs, magnet-
ic-optical disks, read-only memories (ROMs), random
access memories (RAMs), EPROMs, EEPROMs, mag-
netic or optical cards, application specific integrated cir-
cuits (ASICs), or any type of media suitable for storing
electronic instructions, and each coupled to a computer
system bus. Furthermore, the computers referred to in
the specification may include a single processor or may
be architectures employing multiple processor designs
for increased computing capability.

[0042] The algorithms and operations presented here-
in are not inherently related to any particular computer
or other apparatus. Various general-purpose systems
may also be used with programs in accordance with the
teachings herein, or it may prove convenient to construct
more specialized apparatuses to perform the required
method steps. The required structure for a variety of
these systems will be apparent to those of skill in the art,
along with equivalent variations. In addition, the present
disclosure is not described with reference to any partic-
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ular programming language. It is appreciated that a va-
riety of programming languages may be used to imple-
ment the teachings of the present disclosure as de-
scribed herein, and any references to specific languages
are provided for disclosure of enablement and best mode
of the present invention.

[0043] The present disclosure is well suited to a wide
variety of computer network systems over numerous
topologies. Within this field, the configuration and man-
agement of large networks comprise storage devices and
computers that are communicatively coupled to dissim-
ilar computers and storage devices over a network, such
as the Internet.

[0044] The foregoing description of the embodiments
has been provided for purposes of illustration and de-
scription. Itis notintended to be exhaustive or to limit the
disclosure. Individual elements or features of a particular
embodiment are generally not limited to that particular
embodiment, but, where applicable, are interchangeable
and can be used in a selected embodiment, even if not
specifically shown or described. The same may also be
varied in many ways.

Claims
1. Acomputer-implemented method (300), comprising:

obtaining (308), by a first computing device
(104), an audio input signal for an audio com-
munication session with a second computing
device (108) using audio data captured by a mi-
crophone (216) of the first computing device
(104);

analyzing (312), by the first computing device
(104), the audio input signal to detect a speech
input by a first user associated with the first com-
puting device (104);

determining (316), by the first computing device
(104), a detection period duration from when the
audio input signal was obtained until the analyz-
ing has completed;

transmitting (320), from the first computing de-
vice (104) and to the second computing device
(108), (i) a portion of the audio input signal be-
ginning at a start of the speech input and (i) the
detection period duration;

in response to receiving, at the second comput-
ing device (108), the portion of the audio input
signal and the detection period duration, accel-
erating playback, by the second computing de-
vice (108), of the portion of the audio input signal
to compensate for the detection period duration;
analyzing (324), by the first computing device
(104), the audio input signal to detect an end of
the speech input by the first user; and
terminating (328) transmission, from the first
computing device (104) to the second comput-
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ing device (108), of the portion of the audio input
signal at a point corresponding to the detected
end of the speech input by the first user.

The computer-implemented method (300) of claim
1, further comprising encoding, by the first computing
device (104), the portion of the audio input signal to
obtain a set of audio packets, wherein the transmit-
ting includes transmitting, to the second computing
device (108), (i) the set of audio packets and (ii) the
detection period duration.

The computer-implemented method (300) of claim
2, wherein receipt of the set of audio packets and
the detection period duration causes the second
computing device (108) to:

decode the set of audio packets to obtain an
audio output signal;

remove a redundant portion of the audio output
signal corresponding to one or more pitch peri-
ods to obtain a modified audio output signal,
wherein the modified audio output signal has a
shorter length than the audio output signal; and
output, by a speaker of the second computing
device (108), the modified audio output signal,
wherein a quantity of the one or more removed
pitch periods preferably corresponds to the de-
tection period duration.

The computer-implemented method (300) according
to claim 3, wherein multiple pitch periods are re-
moved, in particular multiple pitch periods having a
length of less than 15 milliseconds, in particular less
than 7.5 milliseconds.

The computer-implemented method (300) of claim
3, wherein receipt of the set of audio packets and
the detection period duration causes the second
computing device (108) to remove the redundant
portion of the audio output signal by:
cross-correlating the audio output signal with itself
to obtain an autocorrelation signal; and

detecting one or more peaks of the autocorrelation
signal that exceed a threshold indicative of the one
or more pitch periods of the audio output signal,
wherein the threshold is preferably in a range of 0.9
to 0.3, in particular in the range of 0.6 and 0.45, more
particular 0.5.

The computer-implemented method (300) of claim
1, wherein analyzing the audio input signal to detect
the speech input includes applying a voice activity
detection, VAD, technique to the audio input signal,
the VAD technique having an aggressiveness or ac-
curacy that corresponds to the detection period du-
ration, wherein applying the voice detection tech-
nique to the audio input signal preferably includes
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distinguishing the speech input by the first user from
speech by a second user within the audio input sig-
nal.

A computing network (100) including a first comput-
ing device (104) and a second computing device
(108), wherein the first and second computing de-
vices (104, 108) comprise one or more processors
(208) and a non-transitory memory (212) storing a
set of instructions that, when executed by the one or
more processors (208), causes the first and the sec-
ond computing device (104, 108) to perform opera-
tions comprising:

obtaining, by the first computing device (104),
an audio input signal for an audio communica-
tion session with the second computing device
(108) using audio data captured by a micro-
phone (216) of the first computing device (104);
analyzing, by the first computing device (104),
the audio input signal to detect a speech input
by afirst user associated with the first computing
device (104);

determining, by the first computing device (104),
a detection period duration from when the audio
input signal was obtained until the analyzing has
completed;

transmitting, by the first computing device (104),
to the second computing device (108), (i) a por-
tion of the audio input signal beginning at a start
of the speech input and (ii) the detection period
duration;

in response to receiving, at the second comput-
ing device (108), the portion of the audio input
signal and the detection period duration, accel-
erating playback, by the second computing de-
vice (108), of the portion of the audio input signal
to compensate for the detection period duration;
analyzing, by the first computing device (104),
the audio input signal to detect an end of the
speech input by the first user; and

terminating, by the first computing device (104),
transmission, to the second computing device
(108), of the portion of the audio input signal at
a point corresponding to the detected end of the
speech input by the first user.

The computing network (100) of claim 7, wherein the
operations further comprise encoding, by the first
computing device (104), the portion ofthe audio input
signal to obtain a set of audio packets, wherein the
transmitting includes transmitting, to the second
computing device (108), (i) the set of audio packets
and (ii) the detection period duration.

The computing network (100) of claim 8, wherein
receipt of the set of audio packets, by the first com-
puting device (104), and the detection period dura-
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tion preferably causes the second computing device
(108) to:

decode the set of audio packets to obtain an
audio output signal;

remove a redundant portion of the audio output
signal corresponding to one or more pitch peri-
ods to obtain the modified audio output signal,
wherein the modified audio output signal has a
shorter length than the audio output signal; and
output, by a speaker of the second computing
device (108), the modified audio output signal.

The computing network (100) of claim 9, wherein a
quantity of the one or more removed pitch periods
preferably corresponds to the detection period du-
ration.

The computing network (100) of claim 9 or 10, where-
in multiple pitch periods are removed, in particular
multiple pitch periods having a length of less than 15
milliseconds, in particular less than 7.5 milliseconds.

The computing network (100) of claim 9, wherein
receipt of the set of audio packets, by the first com-
puting device (104), and the detection period dura-
tion causes the second computing device (108) to
remove the redundant portion of the audio output
signal by:

cross-correlating the audio output signal with it-
self to obtain an autocorrelation signal; and
detecting one or more peaks of the autocorre-
lation signal that exceed a threshold indicative
of the one or more pitch periods of the audio
output signal.

The computing network (100) of claim 12, wherein
the threshold is in a range of 0.9 to 0.3, in particular
in the range of 0.6 and 0.45, more particular 0.5.

The computing network (100) of claim 7, wherein
analyzing the audio input signal to detect the speech
input, by the first computing device, includes apply-
ing a voice activity detection (VAD) technique to the
audio input signal, the VAD technique having an ag-
gressiveness or accuracy that corresponds to the
detection period duration, wherein applying the VAD
tothe audio input signal, by the first computing device
(104), preferably includes distinguishing the speech
input by the first user from speech by a second user
within the audio input signal.

A non-transitory computer-readable medium having
a set of instructions stored thereon that, when exe-
cuted by one or more processors (208) of a first and
a second computing device (104, 108), causes the
firstand second computing device (104, 108) to per-

10

15

20

25

30

35

40

45

50

55

form the method steps of any of claims 1 to 6.

Patentanspriiche

Ein computer-implementiertes Verfahren (300), wo-
bei das Verfahren folgende Schritte aufweist:

Erhalten (308), durch eine erste Rechenvorrich-
tung (104), eines Audio-Eingangssignals fir ei-
ne Audio-Kommunikationssitzung mit einer
zweiten Rechenvorrichtung (108) unter Ver-
wendung von Audiodaten, die durch ein Mikro-
fon (216) der ersten Rechenvorrichtung (104)
erfasst wurden;

Analysieren (312), durch die erste Rechenvor-
richtung (104), des Audio-Eingangssignals, um
eine Spracheingabe durch einen ersten Benut-
zer zu erfassen, der mit der ersten Rechenvor-
richtung (104) verbunden ist;

Bestimmen (316), durch die erste Rechenvor-
richtung (104), einer Erfassungsperiodendauer
von dem Zeitpunkt an, zu dem das Audio-Ein-
gangssignal erhalten wurde, bis die Analyse ab-
geschlossen ist;

Ubertragen (320), von der ersten Rechenvor-
richtung (104) und zu der zweiten Rechenvor-
richtung (108), (i) eines Teils des Audio-Ein-
gangssignals beginnend mit einem Beginn der
Spracheingabe und (ii) der Erfassungsperio-
dendauer;

ansprechend auf den Empfang des Teils des
Audio-Eingangssignals und der Erfassungspe-
riodendauer an der zweiten Rechenvorrichtung
(108), Beschleunigung der Wiedergabe des
Teils des Audio-Eingangssignals durch die
zweite Rechenvorrichtung (108), um die Erfas-
sungsperiodendauer zu kompensieren;
Analysieren (324) des Audio-Eingangssignals
durchdie erste Rechenvorrichtung (104), um ein
Ende der Spracheingabe durch den ersten Be-
nutzer zu erfassen; und

Beenden (328) der Ubertragung, von der ersten
Rechenvorrichtung (104) zur zweiten Rechen-
vorrichtung (108), des Teils des Audio-Ein-
gangssignals an einem Punkt, der dem erfass-
ten Ende der Spracheingabe durch den ersten
Benutzer entspricht.

Computer-implementiertes Verfahren (300) nach
Anspruch 1, das ferner das Codieren des Teils des
Audio-Eingangssignals durch die erste Rechenvor-
richtung (104) umfasst, um einen Satz von Audiopa-
keten zu erhalten, wobei das Ubertragen das Uber-
tragen (i) des Satzes von Audiopaketen und (ii) der
Erfassungsperiodendauer an die zweite Rechenvor-
richtung (108) umfasst.
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Computer-implementiertes Verfahren (300) nach
Anspruch 2, wobei der Empfang des Satzes von Au-
diopaketen und der Erfassungsperiodendauer die
zweite Rechenvorrichtung (108) dazu veranlasst, (i)
den Satz von Audiopaketen und (ii) die Erfassungs-
periodendauer zu Ubertragen:

den Satz von Audiopaketen zu dekodieren, um
ein Audio-Ausgangssignal zu erhalten;

einen redundanten Teil des Audioausgangssig-
nals zu entfernen, der einer oder mehreren Ton-
hoéhenperioden entspricht, um ein modifiziertes
Audioausgangssignal zu erhalten, wobei das
modifizierte Audioausgangssignal eine kiirzere
Lange als das Audioausgangssignal hat; und
das modifizierte Audio-Ausgangssignals durch
einen Lautsprecher der zweiten Rechenvorrich-
tung (108) auszugeben, wobei eine Menge der
einen oder mehreren entfernten Tonhéhenperi-
oden vorzugsweise der Erfassungsperioden-
dauer entspricht.

Computer-implementiertes Verfahren (300) nach
Anspruch 3, bei dem mehrere Tonhéhenperioden
entfernt werden, insbesondere mehrere Tonhohen-
perioden mit einer Lange von weniger als 15 Millise-
kunden, insbesondere weniger als 7,5 Millisekun-
den.

Computer-implementiertes Verfahren (300) nach
Anspruch 3, wobei der Empfang des Satzes von Au-
diopaketen und die Dauer der Erfassungsperiode
die zweite Rechenvorrichtung (108) veranlasst, den
redundanten Teil des Audioausgangssignals zu ent-
fernen durch:

Kreuzkorrelieren des Audio-Ausgangssignals
mit sich selbst, um ein Autokorrelationssignal zu
erhalten; und

Detektieren einer oder mehrerer Spitzen des
Autokorrelationssignals, die einen Schwellen-
wert Uberschreiten, der eine oder mehrere Ton-
héhenperioden des Audioausgangssignals an-
zeigt, wobei der Schwellenwert vorzugsweise in
einem Bereich von 0,9 bis 0,3, insbesondere im
Bereich von 0,6 und 0,45, insbesondere 0,5,
liegt.

Computer-implementiertes Verfahren (300) nach
Anspruch 1, wobei das Analysieren des Audio-Ein-
gangssignals zum Erfassen der Spracheingabe das
Anwenden einer Sprachaktivitdts-Erfassungstech-
nik, VAD, auf das Audio-Eingangssignal einschlief3t,
wobei die VAD-Technik eine Aggressivitat oder Ge-
nauigkeit aufweist, die der Dauer der Erfassungspe-
riode entspricht, wobei das Anwenden der Spracher-
fassungstechnik auf das Audio-Eingangssignal vor-
zugsweise das Unterscheiden der Spracheingabe
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durch den ersten Benutzer von der Sprache durch
einen zweiten Benutzer innerhalb des Audio-Ein-
gangssignals einschlief3t.

Ein Computernetzwerk (100), das eine erste Re-
chenvorrichtung (104) und eine zweite Rechenvor-
richtung (108) enthalt, wobei die erste und die zweite
Rechenvorrichtung (104, 108) einen oder mehrere
Prozessoren (208) und einen nicht-flichtigen Spei-
cher (212) umfassen, der einen Satz von Befehlen
speichert, der, wenn ervon dem einen oder den meh-
reren Prozessoren (208) ausgefiihrt wird, bewirkt,
dass die erste und die zweite Rechenvorrichtung
(104, 108) Operationen ausfuhren, die Folgendes
umfassen

Erhalten, durch die erste Rechenvorrichtung (104),
eines Audio-Eingangssignals fiir eine Audio-Kom-
munikationssitzung mit der zweiten Rechenvorrich-
tung (108) unter Verwendung von Audiodaten, die
durch ein Mikrofon (216) der ersten Rechenvorrich-
tung (104) erfasst wurden;

Analysieren, durch die erste Rechenvorrichtung
(104), des Audio-Eingangssignals, um eine Spra-
cheingabe durch einen ersten Benutzer zu erfassen,
der der ersten Rechenvorrichtung (104) zugeordnet
ist;

Bestimmen, durch die erste Rechenvorrichtung
(104), einer Erfassungsperiodendauer von dem Zeit-
punkt an, an dem das Audioeingangssignal erhalten
wurde, bis die Analyse abgeschlossen ist;
Ubertragen, durch die erste Rechenvorrichtung
(104), (i) eines Teils des Audio-Eingangssignals be-
ginnend mit einem Beginn der Spracheingabe und
(ii) der Erfassungsperiodendauer an die zweite Re-
chenvorrichtung (108);

ansprechend auf den Empfang des Teils des Audio-
Eingangssignals und der Erfassungsperiodendauer
an der zweiten Rechenvorrichtung (108), Beschleu-
nigen der Wiedergabe des Teils des Audio-Ein-
gangssignals durch die zweite Rechenvorrichtung
(108), um die Erfassungsperiodendauer zu kompen-
sieren;

Analysieren des Audio-Eingangssignals durch die
erste Rechenvorrichtung (104), um ein Ende der
Spracheingabe durch den ersten Benutzer zu erfas-
sen; und

Beenden der Ubertragung des Teils des Audio-Ein-
gangssignals durch die erste Rechenvorrichtung
(104) an die zweite Rechenvorrichtung (108) an ei-
nem Punkt, der dem erfassten Ende der Sprachein-
gabe durch den ersten Benutzer entspricht.

Computernetzwerk (100) nach Anspruch 7, wobei
die Operationen ferner das Codieren des Teils des
Audio-Eingangssignals durch die erste Rechenvor-
richtung (104) umfassen, um einen Satz von Audio-
paketen zu erhalten, wobei das Ubertragen das
Ubertragen (i) des Satzes von Audiopaketen und (ii)
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der Erfassungsperiodendauer an die zweite Re-
chenvorrichtung (108) umfasst.

Computernetzwerk (100) nach Anspruch 8, wobei
der Empfang des Satzes von Audiopaketen durch
die erste Berechnungsvorrichtung (104) und die Er-
fassungsperiodendauer vorzugsweise die zweite
Berechnungsvorrichtung (108) dazu veranlasst:

den Satz von Audiopaketen zu dekodieren, um
ein Audio-Ausgangssignal zu erhalten;

einen redundanten Teil des Audioausgangssig-
nals zu entfernen, der einer oder mehreren Ton-
hoéhenperioden entspricht, um das modifizierte
Audioausgangssignal zu erhalten, wobei das
modifizierte Audioausgangssignal eine kiirzere
Lange als das Audioausgangssignal hat; und
das modifizierte Audio-Ausgangssignals durch
einen Lautsprecher der zweiten Rechenvorrich-
tung (108) auszugeben.

Computernetzwerk (100) nach Anspruch 9, wobei
eine Menge der einen oder mehreren entfernten
Tonhdhenperioden vorzugsweise der Dauer der Er-
fassungsperiode entspricht.

Computernetzwerk (100) nach Anspruch 9 oder 10,
bei dem mehrere Tonhdéhenperioden entfernt wer-
den, insbesondere mehrere Tonhéhenperioden mit
einer Lange von weniger als 15 Millisekunden, ins-
besondere weniger als 7,5 Millisekunden.

Computernetzwerk (100) nach Anspruch 9, wobei
der Empfang des Satzes von Audiopaketen und der
Dauer der Erfassungsperiode durch die erste Be-
rechnungsvorrichtung (104), die zweite Berech-
nungsvorrichtung (108) veranlasst, den redundan-
ten Teil des Audioausgangssignals zu entfernen
durch:

Kreuzkorrelieren des Audio-Ausgangssignals
mit sich selbst, um ein Autokorrelationssignal zu
erhalten; und

Detektieren einer oder mehrerer Spitzen des
Autokorrelationssignals, die einen Schwellen-
wert Uberschreiten, der eine oder mehrere Ton-
héhenperioden des Audioausgangssignals an-
zeigt.

Computernetzwerk (100) nach Anspruch 12, wobei
der Schwellenwert in einem Bereich von 0,9 bis 0,3,
insbesondere im Bereich von 0,6 und 0,45, insbe-
sondere 0,5, liegt.

Computernetzwerk (100) nach Anspruch 7, wobei
das Analysieren des Audio-Eingangssignals zum Er-
fassen der Spracheingabe durch die erste Rechen-
vorrichtung das Anwenden einer Sprachaktivitats-
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Erfassungstechnik (VAD) auf das Audio-Eingangs-
signal einschlief3t, wobei die VAD-Technik eine Ag-
gressivitat oder Genauigkeit aufweist, die der Dauer
der Erfassungsperiode entspricht, wobei das An-
wenden der VAD auf das Audio-Eingangssignal
durch die erste Rechenvorrichtung (104) vorzugs-
weise das Unterscheiden der Spracheingabe durch
den ersten Benutzer von der Sprache durch einen
zweiten Benutzer innerhalb des Audio-Eingangssi-
gnals einschlief3t.

Ein nicht-flichtiges computerlesbares Medium mit
einem darauf gespeicherten Satz von Befehlen, der,
wenn er von einem oder mehreren Prozessoren
(208) einer ersten und einer zweiten Rechenvorrich-
tung (104, 108) ausgefiihrt wird, die erste und die
zweite Rechenvorrichtung (104, 108) dazu veran-
lasst, die Verfahrensschritte nach einem der Anspri-
che 1 bis 6 auszufiihren.

Revendications

Un procédé (300) mis en oeuvre par ordinateur,
comprenant :

le fait (308) d’obtenir, par un premier dispositif infor-
matique (104), un signal d’entrée audio pour une
session de communication audio avec un deuxieme
dispositif informatique (108), en utilisant des don-
nées audio capturées par un microphone (216) du
premier dispositif informatique (104) :

le fait (312) d’analyser, par le premier dispositif
informatique (104), le signal d’entrée audio pour
détecter une entrée vocale par un premier utili-
sateur associé au premier dispositif informati-
que (104) ;

le fait (316) de déterminer, par le premier dispo-
sitifinformatique (104), une durée de période de
détection depuis le moment ou le signal d’entrée
audio a été obtenu jusqu’a la fin de I'analyse ;
le fait (320) de transmettre, depuis le premier
dispositifinformatique (104) et vers le deuxieme
dispositif informatique (108), (i) une partie du
signal d’entrée audio commencant a un début
de I'entrée vocale et (ii) la durée de la période
de détection ;

en réponse a la réception, au niveau du deuxié-
me dispositif informatique (108), de la partie du
signal d’entrée audio etde la durée de la période
de détection, le fait d’accélérer la lecture, par le
deuxieme dispositif informatique (108), de la
partie du signal d’entrée audio pour compenser
la durée de la période de détection ;

le fait (324) d’analyser, par le premier dispositif
informatique (104), le signal d’entrée audio pour
détecter une fin de I'entrée vocale par le premier
utilisateur ; et
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le fait (328) de terminer la transmission, depuis
le premier dispositif informatique (104) vers le
deuxiéme dispositif informatique (108), de la
partie du signal d’entrée audio en un point cor-
respondant a la fin détectée de I'entrée vocale
par le premier utilisateur.

Le procédé informatique (300) selon la revendication
1,comprenanten outre le fait de coder, par le premier
dispositif informatique (104), la partie du signal d’en-
trée audio pour obtenir un ensemble de paquets
audio, la transmission comprenant le fait de trans-
mettre, au deuxieéme dispositif informatique (108), (i)
'ensemble des paquets audio et (ii) la durée de la
période de détection.

Le procédé (300) mis en ceuvre par ordinateur selon
la revendication 2, dans lequel la réception de I'en-
semble de paquets audio et de la durée de la période
de détection amene le deuxieéme dispositif informa-
tique (108) a:

décoder 'ensemble de paquets audio pour ob-
tenir un signal de sortie audio ;

supprimer une partie redondante du signal de
sortie audio correspondant a une ou plusieurs
périodes de hauteur tonale, ou "de pitch", pour
obtenir un signal de sortie audio modifié, le si-
gnal de sortie audio modifié ayant une longueur
plus courte que le signal de sortie audio ; et
délivrer, par un haut-parleur du deuxiéme dis-
positif informatique (108), le signal de sortie
audio modifié, une quantité desdites une ou plu-
sieurs périodes de hauteur tonale supprimées
correspondant de préférence a la durée de la
période de détection.

Le procédé (300) mis en ceuvre par ordinateur selon
la revendication 3, dans lequel plusieurs périodes
de hauteur tonale sont supprimées, en particulier
plusieurs périodes de hauteur tonale ayant une du-
rée inférieure a 15 millisecondes, en particulier infé-
rieure a 7,5 millisecondes.

Le procédé (300) mis en ceuvre par ordinateur selon
la revendication 3, dans lequel la réception de I'en-
semble de paquets audio et la durée de la période
de détection amene le deuxieéme dispositif informa-
tique (108) a supprimer la partie redondante du si-
gnal de sortie audio en :

inter-corrélant le signal de sortie audio avec lui-
méme pour obtenir un signal d’autocorrélation ;
et

détectant un ou plusieurs pics du signal d’auto-
corrélation qui dépassent un seuil indicatif des-
dites une ou plusieurs périodes de hauteur to-
nale du signal de sortie audio, le seuil étant de
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préférence situé dans une gamme allant de 0,9
a 0,3, en particulier dans la gamme allantde 0,6
et 0,45, et, de fagon encore plus en particulier,
est de 0,5.

Le procédé informatique (300) selon larevendication
1,danslequell'analyse du signal d’entrée audio pour
détecter I'entrée vocale comprend le fait d’appliquer
une technique de détection d’activité vocale, en
abrégé VAD, au signal d’entrée audio, la technique
VAD ayant une agressivité. ou une précision qui cor-
respond a la durée de la période de détection, le fait
d’appliquer la technique de détection vocale au si-
gnal d’entrée audio incluant de préférence le fait de
distinguer I'entrée vocale par le premier utilisateur
de la parole d’'un deuxiéme utilisateur dans le signal
d’entrée audio.

Un réseau informatique (100) comprenant un pre-
mier dispositifinformatique (104) et un deuxiéme dis-
positif informatique (108), les premier et deuxieme
dispositifs informatiques (104, 108) comprenant un
ou plusieurs processeurs (208) et une mémoire non
transitoire (212) stockantun ensemble d’instructions
qui, lorsqu’elles sontexécutées par lesdits un ou plu-
sieurs processeurs (208), aménent le premier et le
deuxieme dispositifs informatiques (104, 108) a ef-
fectuer des opérations comprenant :

le fait d’obtenir, par le premier dispositif informa-
tique (104), un signal d’entrée audio pour une
session de communication audio avec le
deuxieme dispositif informatique (108), en utili-
sant des données audio capturées par un mi-
crophone (216) du premier dispositif informati-
que (104) ;

le fait d’analyser, par le premier dispositif infor-
matique (104), le signal d’entrée audio pour dé-
tecter une entrée vocale par un premier utilisa-
teur associé au premier dispositif informatique
(104) ;

le fait de déterminer, par le premier dispositif
informatique (104), une durée de période de dé-
tection depuis le moment auquel le signal d’en-
trée audio a été obtenu jusqu'a la fin de
I'analyse ;

le fait de transmettre, par le premier dispositif
informatique (104), au deuxieme dispositif infor-
matique (108), (i) une partie du signal d’entrée
audiocommenganta undébutde I'entrée vocale
et (ii) la durée de la période de détection ;

en réponse a la réception, au niveau du deuxié-
me dispositif informatique (108), de la partie du
signal d’entrée audio etde la durée de la période
de détection, le fait d’accélérer la lecture, par le
deuxieme dispositif informatique (108), de la
partie du signal d’entrée audio pour compenser
la durée de la période de détection ;
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le fait d’analyser, par le premier dispositif infor-
matique (104), le signal d’entrée audio pour dé-
tecter une fin de I'entrée vocale par le premier
utilisateur ; et

le fait de terminer, par le premier dispositif infor-
matique (104), la transmission, vers le deuxie-
me dispositif informatique (108), de la partie du
signal d’entrée audio en un point correspondant
alafin détectée de I'entrée vocale par le premier
utilisateur.

Le réseau informatique (100) selon la revendication
7, dans lequel les opérations comprennent en outre
le fait de coder, par le premier dispositifinformatique
(104), la partie du signal d’entrée audio pour obtenir
un ensemble de paquets audio, la transmission com-
prenant le fait de transmettre, au deuxiéme dispositif
informatique (108), (i) 'ensemble des paquets audio
et (ii) la durée de la période de détection.

Le réseau informatique (100) selon la revendication
8, dans lequel laréception de I'ensemble de paquets
audio, par le premier dispositif informatique (104),
et la durée de la période de détection aménent de
préférence le deuxiéme dispositif informatique (108)
a:

décoder 'ensemble de paquets audio pour ob-
tenir un signal de sortie audio ;

supprimer une partie redondante du signal de
sortie audio correspondant a une ou plusieurs
périodes de hauteur tonale, ou "de pitch", pour
obtenirle signal de sortie audio modifié, le signal
de sortie audio modifié ayant une longueur plus
courte que le signal de sortie audio ; et
délivrer, par un haut-parleur du deuxiéme dis-
positif informatique (108), le signal de sortie
audio modifié.

Le réseau informatique (100) selon la revendication
9, danslequelune quantité desdites une ou plusieurs
périodes de hauteur tonale supprimées correspond
de préférence a la durée de la période de détection.

Le réseau informatique (100) selon la revendication
9 ou la revendication 10, dans lequel plusieurs pé-
riodes de hauteur tonale sont supprimées, en parti-
culier des périodes de hauteur tonale multiples d’'une
durée inférieure a 15 millisecondes, en particulier
inférieure a 7,5 millisecondes.

Le réseau informatique (100) selon la revendication
9, dans lequel laréception de 'ensemble de paquets
audio, par le premier dispositif informatique (104),
et la durée de la période de détection aménent le
deuxiéme dispositif informatique (108) a supprimer
la partie redondante du signal de sortie audio en :
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inter-corrélant le signal de sortie audio avec lui-
méme pour obtenir un signal d’autocorrélation ;
et

détectant un ou plusieurs pics du signal d’auto-
corrélation qui dépassent un seuil indicatif des-
dites une ou plusieurs périodes de hauteur to-
nale du signal de sortie audio.

Le réseau informatique (100) selon la revendication
12, dans lequel le seuil est situé dans une gamme
allant de 0,9 a 0,3, en particulier dans la gamme
allant de 0,6 a 0,45, et de fagon encore plus en par-
ticulier, est de 0,5.

Le réseau informatique (100) selon la revendication
7,danslequel 'analyse du signal d’entrée audio pour
détecter I'entrée vocale, par le premier dispositif in-
formatique, comprend le fait d’appliquer une techni-
que de détection d’activité vocale (VAD) au signal
d’entrée audio, la technique VAD ayant une agres-
sivité ou une précision qui correspond a la durée de
la période de détection, le fait d’appliquer la VAD au
signal d’entrée audio, par le premier dispositif infor-
matique (104), comprenant de préférence le fait de
distinguer I'entrée vocale par le premier utilisateur
de la parole d’'un deuxiéme utilisateur dans le signal
d’entrée audio.

Un support non transitoire, lisible par ordinateur, sur
lequel est stocké un ensemble d’instructions qui,
lorsqu’elles sont exécutées par un ou plusieurs pro-
cesseurs (208) d’'un premier et d’'un deuxieme dis-
positif informatique (104, 108), aménent le premier
et le deuxieme dispositifs informatiques (104, 108)
a mettre en ceuvre les étapes du procédé selon 'une
quelconque des revendications 1 a 6.
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