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(57) ABSTRACT

Systems and methods are provided that may be implemented
in a real time manner by an information handling system (the
“client system”) to monitor one or more characteristics of a
voice over internet protocol (VOIP) discussion, to use these
monitored VOIP characteristics to identify one or more
condition/s in real time as they are identified to occur during
the current VOIP discussion, and to determine to take one or
more automatic actions based on the identified VOIP con-
dition/s so as to inform and/or alert a current human user of
the client system to the occurrence of the identified VOIP
condition/s as they occur.

20 Claims, 6 Drawing Sheets

l VoIP 182 184 |
g |~
! App Other Apps I
1386
l [ 209 |
| 201 2 |
I Mu;tiple Ke?word % Y ‘ 1(/)1 |
I Speaker Recognition M?:;:; Action |
Speech For Each Networf Determination [+ EC
I Recognition Separate ithm And Command |
| And Transcription Speaker |
2121 /217
N, o] 215 3 ]
| 202 210 . 24 ) %2t l
]
[ R i AN
ackend Storage Client | Other

and Machine System | Devices

{earning Cutput {e.g. via

213 155/159 ]  Data Base ] Device || Nicorem

posfin_ 1 )



US 11,470,201 B2

Page 2
(56) References Cited
U.S. PATENT DOCUMENTS
2020/0135209 Al* 4/2020 Delfarah ................. GI10L 15/20

2020/0227034 Al 7/2020 Summa et al.

OTHER PUBLICATIONS

Domars, “Voice Activation-Windows Drivers”, Microsoft Docs,
May 2020, 19 pgs.

Trevorbye, “Speech-To-Text-Speech Service-Azure Cognitive Ser-
vices”, Microsoft Docs, Mar. 2020, 4 pgs.

Iyer et al., “Alert Generation Based On Distance Between Two
Wirelessly Connected Electronic Devices”, U.S. Appl. No. 16/738,633,
filed Jan. 9, 2020, 38 pgs.

* cited by examiner



U.S. Patent Oct. 11, 2022 Sheet 1 of 6 US 11,470,201 B2

100
110
\
Client System 1oa
102 D)
180 Host 184 |/
82|\ r——""————— )____I Memory
LU VOIP App Other Apps | |
186 : | ( 108
\\I-— Monitoring :_md Action | | 103 Storage
| Service I
| 121
337 Mouse/ | /
BIOS/UEFI TP
/ 123
109 e V
\ 101 105
115 | Display \ Mic/ )
\ EC Audio In
~— GUI 111
SPKR/ | J
Y Audio Out
WiFi NIC ‘17
BT
119 106 117
155
190 157\ /
153, ML
\ Network
N—{ VOIP
Other 159
151 . Device \
‘ 1614
N e .
153 .
A g
\ VOIP 161M
Other /
Device

FIG. 1



US 11,470,201 B2

Sheet 2 of 6

Oct. 11, 2022

U.S. Patent

ASH _ TTT/60T
<~ |

Bln "3'3) _ nding Suiuiea \

S9INeQ wo)sAS _ aujyoe pue

43410 _ IE]To) a8eJ0)S puaydeg

_lllll)uL A _||-|||||II|||||
[
— 81¢ 0T¢
4 otz | A iz ~ N T \/ﬂm 4 SN/
L1C [ 1ere | |Tete A
A
U005y Jayeads uolduosuel) puy
puewwo) puy HIOMIDN ajeledas uoiudoday
293 H» uoneulwidleg e SUIyIEN yoe3 Jo4 yooads
uoldy .s uoniudoday Jjeads
plomAd)
\ ) \ piomAD) s|dnnA
101 X 80T 90t 1oz /
ﬂ 602"
981
ddy
A sddy Jay10 P
¥8T 43" dIOA

¢ ‘Ol




U.S. Patent Oct. 11, 2022 Sheet 3 of 6 US 11,470,201 B2

Speaker Labels Channel Texts

Speaker A
Speaker B

| think it is impossible

Speaker C It depends when system can be ready

Speaker D

| Timestamp



US 11,470,201 B2

Sheet 4 of 6

Oct. 11, 2022

U.S. Patent

S ‘Ol
dwejsawi]
<
€3S | ISL | 1S GOS | ¢SL | V1S 80S | €SL | 1S e
o
A
¢OS | TISL | €1S ¥OS | ¢SL | €1S %
JUDID1}JO0I [2ge| Jayeads s 2
JUSI51}903 dUBWSS IS LOS | €SL | €S m
JuU3121)4900 dwelsawil] Sl ©
Q.
TOS | ISL | T1S 91S | €S1 | T1S <
\
wyo3e plomAY
JIOMIBU < wyyode | paulyap-aid paylew
, SuIygIe sisAjeue onuewas|” Suipnpul sjpuueyd
7 7 \\ 1x3} Jaxeads d|0A
vic 4004 T1¢

1401%



US 11,470,201 B2

Sheet 5 of 6

Oct. 11, 2022

U.S. Patent

9 ‘Sid

¢ WAISAS 198 oM Ued Uaym

‘g AsH_"Apeal aq ued wajisAs uaym spuadap 3| "Isn3ny JO pud 24043q T 3531 ¢ ISNW JdAL(Q

¢09

N\
i wa3sAs 108
IM ued
uaym ‘q AsH

A&,DQ W_ ULO\</>®V_V
pa313919p plomASY
YHM SIX3] [duueyd d14109ds

Apeal aq ued
wa3sAs uaym
spuadap 3|
i i ¥09

“o|qissodwi N 909
—shuyg/ (

\ 1Sn8ny JO pus 810}3(q
809 T 1591 99 3Shwl JaAl(Q

Alowsw u| paJsols
SIX9} |]aUuUeY3d SNOIAIJ

a Jaeads

g Joyeads

_

_

_

_

_

_

_

_

_

_

0 Jayeads "
_

_

|

_

v Joyeads “
_

_

_

sjoqen Javeads



US 11,470,201 B2

Sheet 6 of 6

Oct. 11, 2022

U.S. Patent

£ 'Old

Ki1jepow Jey3 uo
1a|e 10} AH_ 19|e puas pue ‘Ixajuod
Ajepon Aq Ayjepow 1ndino
a1eudoidde ayndwo)
1
fmmn uaje Sulydew mmn
/| piomAay puss

Asu—m::mn\—Unuv

|
|
Joyeads _ _
19d UOISI9AU0D 8L _ ﬁ junoaoe _
1x®} 01 Ydaaads 90 |e _ $,485Nn 0] pai] aseq _
A _ N pue npm_o pua-y7eq Ui paJIOIS
Iaveads Aq uonesedas aSeJols sweaJ)s a010A s Jasn / 8OL _
swieaJls Javeads _ pus 4

F C

el
9 A
S3ULIIS 1X8] polejaliod

qmn\. paoipasd endwo)

|

|

|

|

_

_

|

_ {sa|any spiom

_ utew ) sppuUURYD
_ SSOJOB PUNOy SPIOM

ulew 9)e[8110-ss0J) J ZEL

|

|

_

|

|

_

_

T€L

épa1alep
piomAay Auy

{mopuim Buipijs) |suueyd
J9d spiomAay Joj Jajing
spuodas N 1sej azhjeuy ) O€L

~
——

» 9L

TXSIU0I AG

Jasn Joj Ayjepow Lsje

pausjaid ‘stuedpiued

S1w 0] pan syuswae
9Q pus-joeq peot

0tL

aseyd 91e1s Apeals

-yoeq

so|dny spiom ulew

pue spJoMAD} UMO
uo auiSua uiesy | 90L
0} syjeads Jasn

|

|

|

1 |
|

|

|

|

SplomAa); g sioyeads
SSOJOB JO}UOoW

01 13} Jo 3nduy 19sn J V0L

(010 ~co_u:wu»o: IXS0I

Aq 1i9)e Jo Alljepow

patsagaad synduy sesn J TOL

aseyd
Suiuiea|
Juoneuqije)

i
o
™~



US 11,470,201 B2

1
SYSTEMS AND METHODS FOR PROVIDING
REAL TIME ASSISTANCE TO VOICE OVER
INTERNET PROTOCOL (VOIP) USERS

FIELD

This invention relates generally to information handling
systems and, more particularly, to implementing voice over
internet protocol (VOIP) on information handling systems.

BACKGROUND

As the value and use of information continues to increase,
individuals and businesses seek additional ways to process
and store information. One option available to users is
information handling systems. An information handling
system generally processes, compiles, stores, and/or com-
municates information or data for business, personal, or
other purposes thereby allowing users to take advantage of
the value of the information. Because technology and infor-
mation handling needs and requirements vary between dif-
ferent users or applications, information handling systems
may also vary regarding what information is handled, how
the information is handled, how much information is pro-
cessed, stored, or communicated, and how quickly and
efficiently the information may be processed, stored, or
communicated. The variations in information handling sys-
tems allow for information handling systems to be general or
configured for a specific user or specific use such as financial
transaction processing, airline reservations, enterprise data
storage, or global communications. In addition, information
handling systems may include a variety of hardware and
software components that may be configured to process,
store, and communicate information and may include one or
more computer systems, data storage systems, and network-
ing systems.

Voice over internet protocol (VOIP) is a technique often
used by remotely-located meeting participants for collabo-
ration across the Internet. These meeting participants may be
located in different offices and/or in different geographical
locations. Using this technique, each meeting participant
uses an information handling system that is coupled to the
Internet to speak to, and listen to, the other collaborating
meeting participants.

Large VOIP conferences may involve many meeting
participants who address many different topics that are not
all be relevant to every meeting participant. In such a case,
a given VOIP meeting participant may wish to “multitask”
by performing other unrelated tasks during portions of the
VOIP conference that do not involve them and that are not
relevant for them. However, it may be difficult for a given
meeting participant to multitask in this manner while at the
same time maintaining sufficient real time focus and con-
centration on the context of the current VOIP discussion so
that they are ready and listening to take notes and answer
questions directed to them when the conversation becomes
relevant.

As an example, a given information handling system user
may be participating in a large group VOIP conference
having 100 other participants and lasting for one hour.
During the course of the VOIP conference, a question may
be occasionally and randomly directed to the given user,
which necessitates the given user’s attention to be directed
to the discussion for thirty seconds or so in order to answer
the question. Thus, the given user does not need to be fully
attentive all the time, yet they need to be attentive to the
discussion to be able to respond to key questions or con-

10

15

20

25

30

35

40

45

50

55

60

65

2

versations when called upon. If the given user is not suffi-
ciently attentive to the VOIP discussion at all times, they
may also miss the context of the discussion just before a
question is directed at them, which decreases the effective-
ness of their participation in the VOIP meeting.

SUMMARY

Disclosed herein are systems and methods that may be
implemented in a real time manner by an information
handling system (the “client system”) to monitor one or
more characteristics of a voice over internet protocol (VOIP)
discussion, to use these monitored VOIP characteristics to
identify one or more condition/s in real time as they are
identified to occur during the current VOIP discussion, and
to determine to take one or more automatic actions based on
the identified VOIP condition/s so as to inform and/or alert
a current human user of the client system to the occurrence
of the identified VOIP condition/s as they occur. The dis-
closed systems and methods may be implemented in one
embodiment to facilitate effective collaboration by the client
system user by enabling the client system user to pay
attention when required during VOIP meetings or discus-
sions being hosted for on the client system for the client
system user.

Examples of VOIP discussion characteristics that may be
monitored in real time include, but are not limited to, the
identity of separate human speakers as they speak during the
VOIP discussion, the recorded time of day (e.g., timestamp)
at which each of the identified human speakers speaks
during the VOIP discussion, the text (transcript) of the
transcribed words spoken by each identified human speaker
as they speak during the VOIP discussion, etc. Examples of
VOIP conditions that may be identified as they occur from
the monitored VOIP discussion characteristics include, but
are not limited to, occurrence of' a VOIP question directed by
another VOIP discussion participant to the current client
system user, occurrence of a VOIP discussion regarding a
particular subject matter, the context of a VOIP discussion
immediately preceding the occurrence of such a VOIP
question or other event such as discussion of a particular
subject matter, etc.

Examples of automatic actions that may be taken in real
time based on identified VOIP discussion conditions
include, but are not limited to, providing an alert (e.g., such
as a displayed pop-up message, audio alert, or haptics alert)
to the client system user, selecting and displaying tran-
scribed textual portions of a VOIP discussion (e.g., tran-
script of a VOIP question directed to the current user,
transcript of a selected portion of the VOIP discussion
immediately preceding the occurrence of such a VOIP
question or other event, etc.) to the client system user. Such
automatic actions may be taken, for example, to selectively
trigger key sections of a transcription of the VOIP discussion
in real time during the VOIP discussion to alert the user to
relevant important pre-context of the VOIP discussion, to
alert the user to an actual question or discussion point
requiring their attention, etc. In this way, the client system
user may be prompted in real time to take key notes or to
confirm and respond to or follow up on directed questions
from other VOIP discussion participants to allow the current
system user to appropriately respond to these questions in a
timely fashion and while being made aware of relevant
pre-context of these questions from other VOIP discussion
participants. This advantageously facilitates the ability of
the client system user to maintain focus and concentration
(e.g., during a large VOIP discussion that has many partici-
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pants) so that the client system user may more effectively
participate in the VOIP discussion, even while multitasking.

The disclosed systems and methods may be further imple-
mented in one embodiment to also monitor the current status
of the client system user in real time during the VOIP
discussion, and to use this monitored current client system
user status as an additional factor to determine what type (or
modality) of real time automatic action/s to take, and/or how
to take these automatic action/s, based on a combination of
the identified VOIP discussion condition/s and the moni-
tored current client system user status.

Monitored current client system user status may in one
embodiment include current activity of the client system
user on the client system, e.g., such as what active user
application is currently in focus on the user desktop of the
client system. For example, when the client system user is
multitasking with the current in-focus active application on
the client system being different than the active application
on the client system that is currently supporting the current
VOIP discussion, then an automatic action may be selected
to automatically display an alert to the user superimposed or
over the displayed window of the current in-focus applica-
tion, or to automatically change the current in-focus appli-
cation to be the current VOIP application (e.g., such as
Zoom, Skype, etc.). Examples of such different user appli-
cations that may be currently in-focus on the client system
include, but are not limited to, a spreadsheet application, a
slide presentation application, a word processing applica-
tion, a PDF viewer application, a web browser application,
an audio/visual player application, a computer game appli-
cation, etc. In the case that the user is listening to audio (e.g.,
music, video soundtrack, etc.) on the client system that is
different from the current VOIP discussion, then an auto-
matic audio alert (e.g., beep, synthesized spoken alert, etc.)
may be provided to the user on the currently active speakers
and/or headphones of the client system to alert the user to
return their attention to the current VOIP discussion on the
client system.

In another embodiment, monitored current client system
user status may include monitored current activity of the
client system user on devices other than the client system.
For example, a client system user that is participating in the
current VOIP discussion may also be multitasking by simul-
taneously using at least one other device that is another
information handling system that is different from the client
system and that is not supporting the current VOIP discus-
sion, such as a smart phone, a game console system, a tablet
computer, a laptop computer, a desktop computer, etc. In
such a case, an automatic action may be selected to auto-
matically provide an alert to the user on the other device
according to the type of user activity occurring on the other
device. For example, if the user is currently talking on a
smart phone, then an audio alert (e.g., beep, synthesized
spoken alert, haptics vibration, etc.) may be automatically
provided to the client system user on the smart phone to alert
the client system user to return their attention to the current
VOIP discussion occurring on the client system. In the same
way, appropriate audio and/or visual alerts may be provided
on the speakers and/or display devices of the other device to
gain the attention of the client system user.

In one respect, disclosed herein is a method, including:
providing in a first information handling system a voice over
internet protocol (VOIP) audio output stream including
incoming VOIP speech data of two or more VOIP speakers
received from across a network; separating the VOIP audio
output stream into two or more separate VOIP speaker
streams that each correspond to a respective one of the two

10

15

20

25

30

35

40

45

50

55

60

65

4

or more VOIP speakers, and transcribing each separate
VOIP speaker stream to produce a separate speaker text
channel that includes one or more VOIP text strings spoken
by the corresponding one of the two or more VOIP speakers;
comparing each of the separate speaker text channels in real
time to one or more predefined keywords to identify a
predefined keyword present within a current text string of
one of the separate speaker text channels spoken by a first
one of the two or more VOIP speakers; determining a
predicted sequential correlation between the current text
string containing the predefined keyword that is spoken by
the first one of the VOIP speakers and one or more other text
strings previously spoken by any of the two or more VOIP
speakers; determining a current context of a user of the first
information handling system; and selecting a predefined
modality corresponding to the current context of the user of
the first information handling system, and taking an action
corresponding to the determined modality to alert the user of
the first information handling system to the occurrence of
the predicted sequential correlation between the current text
string spoken by the first one of the VOIP speakers and the
one or more other text strings previously spoken by any of
the two or more VOIP speakers.

In another respect, disclosed herein is a system, including
a first information handling system coupled to a network and
including at least one programmable integrated circuit
receiving a voice over internet protocol (VOIP) audio output
stream including incoming VOIP speech data of two or more
VOIP speakers received from across the network, the at least
one programmable integrated circuit being programmed to:
separate the VOIP audio output stream into two or more
separate VOIP speaker streams that each correspond to a
respective one of the two or more VOIP speakers, and
transcribe each separate VOIP speaker stream to produce a
separate speaker text channel that includes one or more
VOIP text strings spoken by the corresponding one of the
two or more VOIP speakers; compare each of the separate
speaker text channels in real time to one or more predefined
keywords to identify a predefined keyword present within a
current text string of one of the separate speaker text
channels spoken by a first one of the two or more VOIP
speakers; determine a predicted sequential correlation
between the current text string containing the predefined
keyword that is spoken by the first one of the VOIP speakers
and one or more other text strings previously spoken by any
of the two or more VOIP speakers; determine a current
context of a user of the first information handling system;
select a predefined modality corresponding to the current
context of the user of the first information handling system;
and take an action corresponding to the determined modality
to alert the user of the first information handling system to
the occurrence of the predicted sequential correlation
between the current text string spoken by the first one of the
VOIP speakers and the one or more other text strings
previously spoken by any of the two or more VOIP speakers.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 illustrates a network environment according to one
exemplary embodiment of the disclosed systems and meth-
ods.

FIG. 2 illustrates logic architecture of a monitoring and
action software service according to one exemplary embodi-
ment of the disclosed systems and methods.
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FIG. 3 illustrates mixed speech extraction of VOIP text
strings spoken by multiple VOIP speakers according to one
exemplary embodiment of the disclosed systems and meth-
ods.

FIG. 4 illustrates keyword matching network algorithm
analysis according to one exemplary embodiment of the
disclosed systems and methods.

FIG. 5 illustrates matching network analysis according to
one exemplary embodiment of the disclosed systems and
methods.

FIG. 6 illustrates generation of a predicted correlated text
output according to one exemplary embodiment of the
disclosed systems and methods.

FIG. 7 illustrates methodology according to one exem-
plary embodiment of the disclosed systems and methods.

DESCRIPTION OF ILLUSTRATIVE
EMBODIMENTS

FIG. 1 illustrates one exemplary embodiment of a net-
work environment 100 that includes multiple information
handling systems 110, 151,-151,, 161,-161,,, and 155 that
are in communication (e.g., via TCP/IP or Internet protocol)
with each other across a network 190, such as the Internet or
a corporate intranet. Each of information handling systems
110, 151,-151,,and 161,-161,, may be operated by a human
user and may be, for example, a non-mobile desktop or
tower computer, a mobile system such as notebook or laptop
computer, tablet computer, smart phone, etc. Information
handling system 155 may be a web server or other backend
machine including at least one programmable integrated
circuit that executes machine learning logic 157 described
further herein. As shown, server 155 may be coupled to
non-volatile storage 159 that stores a backend storage and
machine learning database for use by machine learning logic
157, and for keywords setting and preferred alert modality
for user by context.

In FIG. 1, client system 110 includes at least one host
programmable integrated circuit programmable integrated
circuit 102 (e.g., AMD or Intel-based central processing unit
“CPU” or other type of suitable programmable integrated
circuit) coupled to system volatile memory (e.g., dynamic
random access memory “DRAM”) 104. Host programmable
integrated circuit 102 is also coupled via one or more
buses/communication media 103 (e.g., such as a platform
controller hub “PCH” that couples together PCle bus, USB,
SMBus, SATA, other appropriate data buses such as
memory bus, etc.) to non-volatile storage 108 (e.g., hard
drive/s, solid state drive/s “SSDs” and or other non-volatile
memory) and other system components described further
herein. In this way, buses/media 103 provide a mechanism
for the various components of system 110 to communicate
and couple with one another.

In FIG. 1, the host programmable integrated circuit 102 of
client system 110 executes a version of the active application
182 on a host operating system (OS) 180 (e.g., Microsoft
Windows-based OS, Linux-based OS, Android OS, iOS,
etc.). Client system 110 also include an embedded controller
(EC) 101 coupled to bus/es and/or PCH 103 that may be
programmed, for example, to perform functions such as
power/thermal system management, muting audio out, etc.
As shown, system 110 may be provided as shown with a
network interface card (NIC) 106 that is communicatively
coupled via wired and/or wireless (e.g., via Wi-Fi RF radio
module 119) connection to network 190 (local area network
“LAN”, Internet and/or corporate intranet, etc.) to allow
various components of system 110 to communicate through
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NIC 106 with components of other devices 161,-161,,, and
155. System 110 may also optionally include a Bluetooth
radio and connection module 187 coupled as shown for
providing direct Bluetooth communication with one or more
other devices 161,-161,, that are Bluetooth capable.

As further shown in FIG. 1, client system 110 includes
video display device 109 (e.g., LCD display, LED display,
etc.) displaying graphical user interface (GUI) 115. In one
embodiment, display 109 and GUI 115 may be optionally
integrated into one component (e.g., LCD or LED display
touchscreen device) for displaying visual information (in-
cluding a graphics scene 117 generated by active application
182) to a human user and optionally for receiving user input
from a human user. Client system 110 also may include other
input/output (I/0) component/s such as keyboard 123 and
mouse and/or touchpad 121 as shown for receiving user
input. Not shown are separate keyboard controller and
mouse/touchpad controller that may be coupled between
host programmable integrated circuit 102 and keyboard 123
and mouse/touchpad 121, respectively. Display 109 may be
coupled to bus 103 as shown and/or may be optionally
coupled directly to host programmable integrated circuit 102
depending on the particular configuration of the given
system (e.g., coupled directly to integrated graphics of host
programmable integrated circuit 102 and/or separately
coupled via bus 103 to receive video information from an
optional graphics processor unit “GPU” not shown).

Other components of client system 110 that may be
coupled to host programmable integrated circuit 102 via
bus/es 103 include, but are not limited to, microphone and
audio-in circuitry 105 (e.g., analog to digital conversion,
audio encoding, etc.) that receives analog sounds such as
system user voice input to VOIP discussions, and speaker
and audio-out circuitry 111 (e.g., audio decoding and digital
to analog conversion, amplifier, etc.) that outputs sounds
(e.g., application-generated sounds, VOIP discussions, etc.)
to the system user.

Still referring to FIG. 1, host programmable integrated
circuit 102 on client system 110 may be operated by a
system user to execute an active voice over internet protocol
(VOIP) application 182 (e.g., Zoom, Skype, etc.) that is
interacting across network 190 during a given VOIP discus-
sion session with other instances 153,-153,, of the same type
VOIP application executing on respective programmable
integrated circuits of the other information handling systems
151,-151,,. In this way, the respective users of systems 110
and 151,-151,, may conduct the VOIP discussion session
with other across network 190. Also executing on host
programmable integrated circuit 102 may be one or more
other active applications 184 (e.g., such as a spreadsheet
application like Microsoft Excel, a slide presentation appli-
cation like Microsoft PowerPoint, a word processing appli-
cation like Microsoft Word, a PDF viewer application such
as Adobe Acrobat, a web browser application such as
Microsoft Edge, an audio visual player application like
Microsoft Windows Media Player, a computer game appli-
cation like Call of Duty, etc.).

Also shown executing on host programmable integrated
circuit 102 of client system 110 is a monitoring and action
software service 186 that executes in the background to
perform multiple tasks which include, but are not limited to,
monitoring characteristic/s of a VOIP discussion, identifying
one or more VOIP condition/s in real time from the moni-
tored VOIP characteristic/s, and determining and taking one
or more automatic actions based on the identified VOIP
condition/s. Operation of monitoring and action software
service 186 is further described and illustrated in FIG. 2. In
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addition to monitoring and action software service 186, host
programmable integrated circuit 102 also executes basic
input/output system (BIOS) or Unified Extensible Firmware
Interface (UEFI) for client system 110 as shown.

Still referring to FIG. 1, each of other systems 151,-151,,
other devices 161,-161,,, and web server 155 may include
various components that are configured to operate and
function similar to one or more corresponding components
of system 110, e.g., such as one or more of a host program-
mable integrated circuit coupled to system memory and
executing logic programmed to perform the appropriate
functions of each respective system or device, NIC for
network communication, storage, display, /O devices for
user interaction with system components, microphone/audio
in circuitry and speaker/audio out circuitry, etc.

FIG. 2 illustrates one exemplary embodiment of a logic
architecture of monitoring and action software service 186
as it may execute in steady state on client system 110 during
a current VOIP discussion session (e.g., conference call or
meeting) held between client system 110 and other systems
151,-151,. As shown in FIG. 2, a digital VOIP audio output
stream 209 from VOIP application 182 may be captured and
sorted in real time by monitoring and action software service
186, e.g., at the same time that the VOIP audio output stream
209 is also provided to speaker and audio-out circuitry 111
for audio playback to current user of client system 110.
VOIP audio output stream 209 may include incoming VOIP
speech data from multiple human users of other systems
151,-151,, that are participating as respective VOIP speakers
in the current VOIP discussion session.

As shown in FIG. 2, logic of monitoring and action
software service 186 may perform multiple speaker speech
recognition and real time speech-to-text transcription tasks
202 on the data of VOIP audio output stream 209 as it is
provided in real time from the VOIP discussion by VOIP
application 182. In one embodiment, tasks 202 may be
performed by downloading trained users’ voice character-
istics 213 of Backend storage and Machine Learning Data-
base 159 across network 109 from server 155. As described
further herein, these downloaded trained users’ voice char-
acteristics 213 may be adaptively machine-learned by
machine learning logic 157 executing on server 155. These
tasks include utilizing a speech recognition algorithm to
separate the VOIP audio output stream 209 into one or more
VOIP speaker streams (i.e., with each stream corresponding
to respective individual VOIP speaker participating in the
current VOIP discussion session), and then to real time
transcribe each given VOIP speaker stream into a corre-
sponding separate text channel for that given VOIP speaker
versus time (e.g., such as time of day) so as to produce one
or more separate VOIP speaker text channels 210 that each
correspond to a given VOIP speaker versus time as illus-
trated by the mixed speech extraction of VOIP text strings
spoken by multiple (e.g., three or more) VOIP speakers
shown in FIG. 3 (in this case VOIP speaker D represents the
current client system user of client system 110 and VOIP
speakers A, B and C are users of other systems 151). In one
embodiment, a temporary N seconds buffer (e.g., finite-sized
sliding buffer window of 60 seconds or any other suitable
greater or lesser time duration sliding window buffer time)
may be employed to retain N seconds of separate VOIP text
channels in buffer memory for this task by monitoring and
action software service 186.

Examples of speech recognition algorithms that may be
employed during multiple speaker speech recognition and
real time speech-to-text transcription tasks 202 include, but
are not limited to, Permutation Invariant Training, Artificial
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Neural Networks, Deep/Machine Learning, or other suitable
algorithms. Examples of transcription algorithms that may
be employed include, but are not limited to, recurrent neural
network trained algorithm, fast Fourier transform (FFT)
synthesis, hidden Markov model (HMM) based recognition,
etc.

Next, as shown in FIG. 2, logic of monitoring and action
software service 186 may perform keyword recognition task
204 in real time for each separate VOIP speaker text
channels 210 (such as those channels illustrated by mixed
speech extraction versus time in FIG. 3). In one embodi-
ment, task 204 may be performed by downloading at least
one pre-defined keyword 215 of Backend storage and
Machine Learning Database 159 across network 109 from
server 155. In one embodiment, the at least one pre-defined
keyword 215 may be more than one keyword. As described
further herein, the downloaded pre-defined keyword 215
may be a trigger when it is recognized to exist within any of
VOIP speaker text channels 210. As described further
herein, when it is recognized that a given VOIP speaker text
channel 210 includes the pre-defined keyword 215, then the
given VOIP speaker text channel 210 including the marked
pre-defined keyword 211 is provided to task 206.

As shown, keyword matching network algorithm task 206
may be performed in real time by logic of monitoring and
action software service 186 to determine correlation of each
text string (e.g., which may be a separate sentence spoken by
one speaker) present in VOIP speaker text channels that
include marked pre-defined keyword 211 based on the
reference of the text string including the pre-defined key-
word. This is done in task 206 using analysis by semantic
analysis algorithm 402 of FIG. 4 to determine and provide
a respective semantic coefficient for each text string present
in the combination of VOIP speaker text channels including
the marked pre-defined keyword 211 of FIG. 4. With the
semantic coeflicient of each text string being so determined,
matching network algorithm 404 may be performed in real
time to calculate a weighting of each given text string based
on a respective speaker label coefficient, a respective time-
stamp coefficient and a respective semantic coefficient that
are each determined for that given text string to provide the
predicted correlated text strings 214.

In one embodiment, task 206 may be performed by
downloading a pre-defined timestamp duration 2122 of
Backend storage and Machine Learning Database 159 across
network 109 from server 155 for use in determining a
timestamp coefficient. In one embodiment, the end time-
stamp of the text string containing the pre-defined keyword
may be set to start, and the timestamp coefficient will be
gradually smaller than 1 and end with 0 to fulfill the
requirement of timestamp duration setting. In one embodi-
ment, a speaker label coefficient may be defined using the
logic rule that if one speaker continues to speak two or more
text strings during the pre-defined timestamp duration 2122,
then the speaker label coefficients for those text strings may
be greater than 1 for each text string. If not, the speaker label
coefficient will be equal to 1. In one embodiment, the
predefined timestamp duration 2122 may be the same as the
N seconds buffer.

FIG. 5 illustrates one exemplary embodiment of matching
network algorithm 404 as it may be applied to provide a
semantic coefficient (SC) of each text string in VOIP speaker
text channels including the marked pre-defined keyword 211
versus time (in this case a timestamp ““TS” measured relative
to when the marked pre-defined keyword 211 was spoken).
As shown in FIG. 5, each given detected VOIP text string
from each speaker text stream is provided a timestamp (TS)
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coeflicient (e.g., corresponding to, or measured relative to,
when the VOIP text string including the pre-defined key-
word was spoken—for example, TS1 may be 1.0, TS2 may
be 0.7 and TS3 may be 0.5 or any other relative time stamp
coeflicient weighting as may be predefined and/or specified
by a client system user), and a speaker label coeflicient (SL)
that provides higher weighting if the speaker continues
speaking across two or more timestamp coefficients (e.g.,
such as SL3 continues in both TS1 and TS2 in FIG. 5). In
one embodiment, a semantic coefficient (SC) that indicates
the relative degree of correlation between the text string that
includes the pre-defined keyword and each other given
detected VOIP text string. Arrows in FIG. 5 illustrate
different possible paths for a predicted correlated text string.
Using a calculation among SL, SC and TS, the highest
weighting of each text string in each specific timestamp
coeflicient may be selected to provide predicted correlated
text strings 214.

In one exemplary embodiment, main words tuples 2121
may be predetermined using offline machine learning train-
ing (e.g., such as machine-learned main words tuples or
ordered sequences of main words from different VOIP
speakers or the same speaker), and then may be later
downloaded when needed to system 110 across network 109
from Backend storage and Machine Learning Database 159
of server 155. One example of such a main words tuples
2121 is an occurrence of a first main word in the text string
that includes the pre-defined keyword 211 immediately
following an occurrence of a second main word in a prior
second main word stream in 211 (corresponding to a text
string spoken by a second VOIP speaker or same VOIP
speaker), e.g., a tuple of the form “{Bob_Said_This, Then_
John_Said_This, . . . } or {Speaker_A_Said_This, Then_
Speaker_C_Said_This, . . . }”’. Thus, main words tuples 2121
and machine-learning may use semantical constructions to
train context behind sequences of main words spoken by
different VOIP speakers or the same VOIP speaker, e.g., by
training context behind each detected tuple or ordered
sequence of main words from different VOIP speakers or the
same VOIP speaker. Examples of machine learning methods
employing semantical constructions that may be employed
to perform such context training include, but are not limited,
to ELMo, BERT, etc.

In one embodiment, semantic coefficients may be calcu-
lated for each given VOIP text string within the VOIP
speaker text channel/s including a marked pre-defined key-
word 211 by comparing each given VOIP text string to the
VOIP text string that includes the pre-defined keyword to
determine and assign a semantic coeflicient to the given
VOIP text string. This is illustrated in FIG. 6, where the
detected keyword is “D” (e.g., the client system user’s
name) spoken by speaker A during a VOIP text string 602
“Hey D, when can we get system?”. In FIG. 6, other
previously-spoken VOIP text strings 604, 606 and 608 are
contained in the same temporary N seconds buffer, and
analyzed using predicted correlation analysis of matching
network algorithm 404. It is noted that VOIP text string 602
is contained within the most recent time stamp period of the
N seconds buffer, simultaneously-spoken VOIP text strings
604 and 608 are contained within the next most recent time
stamp period of the N seconds buffer, and VOIP text string
606 is contained within the least recent time stamp period of
the N seconds buffer. It is also noted that the duration of the
N seconds buffer may vary (e.g., per user selection) and may
be longer to contain more than three time stamp periods, or
may be shorter to contain less than three time stamp periods.
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In this example of FIG. 6, key word recognition task 204
analyzes VOIP text strings 602, 604, 606 and 608 of the N
seconds buffer, and identifies presence of a pre-defined
keyword within text string 602 (in this case an occurrence of
a spoken keyword “D”). Next, keyword matching network
algorithm logic 206 may apply a main words tuples 2121
(e.g., tuple of {It depends when system can be ready ; Hey
D, when can we get system?}) to construct the semantic
structure apply to VOIP text strings 602, 604, 606 and 608,
and then determines to assign respective semantic coeffi-
cients to VOIP text strings 602, 604, 606 and 608.

For example, in one embodiment text string 602 may be
assigned a semantic coefficient (SC) of 1 since it is a VOIP
text string that includes a pre-defined keyword. Then, based
on determined correlation degree, text string 604 has the
highest correlation to text string 602 due to matching the
above main words tuple 2121. Other text strings 608 and 606
have a lower correlation to text string 602 than does text
string 604 since text strings 608 and 606 do not match a main
words tuple 2121, and such that text string 604 has a higher
correlation to text string 602 than does text string 608 which
is spoken at the same time stamp. Note that in this example,
when a pre-defined duration of a timestamp is set equal to N
seconds buffer, there is no need to apply a timestamp
coefficient (TS) to control the time length of predicted
correlated text strings 214. Also, in this example, there are
no two text strings that are spoken by the same VOIP
speaker in two sequential adjacent timestamps, so the
speaker label coefficient (SL) for each text string 602, 604,
606 and 608 is 1.

Therefore, the predicted correlated text strings may be
selected in this embodiment as follows by predicted corre-
lation analysis of matching network algorithm 404. Text
string 602 that includes the trigger keyword and that has the
pre-defined keyword is automatically selected to be the
predicted correlated text string from the most recent time
stamp period of the N seconds buffer since it has the trigger
keyword. Next, since the correlation weighting of text string
604 is determined to be greater than text string 608 (i.e.,
because text string 604 includes a pre-defined tuple and text
string 608 does not), then text string 604 (rather than
simultaneous text string 608) is selected to be the single
predicted correlated text string selected from the next most
recent time stamp period of the N seconds buffer. Text string
606 is selected to be the predicted correlated text string from
the least recent time stamp period of the N seconds buffer
since it is the only text string present in the least recent time
stamp period of the N seconds buffer. Thus, the resulting
predicted correlated text strings 214 are determined in FIG.
6 to be: “The driver must be Test before end of August. It
depends when system can be ready. Hey D, when can we get
system?”.

As shown, the predicted correlated text strings 214 are
provided in real time to action determination and command
task 208 performed by logic of monitoring and action
software service 186. Also provided to action determination
and command task 208 may be data provided internally from
components of system 110 that is indicative of the monitored
real time current activity of the client system user on the
client system 110 (e.g., status of audio output 111 and/or
audio input 105 as provided from EC 101, as well as status
of one or more other current active applications 184, etc.).

Monitored current activity of the client system user on
one or more other devices 161,-161,, (i.e., other than the
client system 110) may also be provided in real time by these
device/s 161 to monitoring and action software service 186
executing on system 110 (e.g., using REpresentational State
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Transfer such as RESTful P2P communication, browser
based messages for web, etc. via Bluetooth connection,
Wi-Fi connection, Internet connection, etc.) and then uti-
lized in action determination and command task 208 as
shown in FIG. 2. In one embodiment a software service or
agent may be executing on one or more of other devices
161,-161,, may automatically communicate the monitored
current activity to monitoring and action software service
186. Examples of monitored current activity of the client
system user on one or more devices 161 include, but are not
limited to, talking on a smart phone, playing a computer
game on a game console system, browsing the Internet on a
tablet computer, creating graphics on a laptop or desktop
computer workstation, etc.

Action determination and command task 208 may deter-
mine a predefined action (modality) that corresponds to the
identified predicted correlated text strings 214. Such a
determination may be made based, for example, on a lookup
table or other relationship of actions/modalities (e.g., pre-
defined actions (modalities) may be downloaded as data 217
to system 110 across network 109 from Backend storage and
Machine Learning Database 159 of server 155) that corre-
spond to different combinations of predicted correlated text
strings 214 and monitored current activity of the client
system user on the current system 110 or one of other
devices 161. In one embodiment, the monitored current
activity of the client system user may be used to determine
whether the client system user is attentive and monitoring
the current VOIP discussion or is distracted and not moni-
toring the current VOIP discussion session. A different alert
(modality) may be selected to be displayed or otherwise
provided to the correct system or device (e.g., the client
system 110 or another device 161) to which the client system
user is currently directing their attention.

For example, when the client system user D is multitask-
ing with the current in-focus active application 184 on the
client system being different than the currently-active VOIP
application 182 on the client system 110, then an automatic
action may be selected to automatically display an alert (e.g.,
including the predicted correlated text strings 214 for the
determined current VOIP condition) to the client system user
D superimposed or over the displayed window of the current
in-focus application 184 on display device 109, or to auto-
matically change the current in-focus application 184 to be
the current VOIP application 182 (e.g., such as Zoom,
Skype, etc.) with the superimposed alert window (e.g.,
including the predicted correlated text strings 214 for the
determined current VOIP condition). In the case that the
client system user D is listening to audio output circuitry 105
(e.g., music, video soundtrack, etc.) on the client system 110
that is different from the current VOIP discussion or the
audio output circuity 105 is muted, then an automatic audio
alert (e.g., beep, synthesized spoken alert, etc.) may also be
provided to the client system user D via speakers and/or
headphones of the client system 110 together with an alert
window (e.g., including the predicted correlated text strings
214 for the determined current VOIP condition) to alert the
client system user D to return their attention (and respond
where appropriate) to the current VOIP discussion on the
client system 110.

In the case that the monitored current activity of the client
system user D is multitasking by using a device 161 other
than the client system 110, then an additional automatic
action may be selected to automatically provide an alert to
the user on the other device 161 according to the type of user
activity occurring on the other device. For example, if the
client system user D is currently talking on (or looking at)
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a smart phone 161 with speaker/audio out circuitry 111 of
client system 110, then an audio alert (e.g., beep, synthesized
spoken alert, haptics vibration, etc.) may be automatically
provided to the client system user D on the smart phone 161
to alert the client system user D to return their attention to
the current VOIP discussion occurring on the client system
110. A visual/text alert may additionally or alternatively be
provided on a display (if any) of the other device 161 that
instructs the client system user D to return their attention to
the current VOIP discussion occurring on the client system
110. Other types of alerts that may be provided to other
devices 161 include, but are not limited to, a Bluetooth
peer-to-peer (p2p) stream alert. In any case, the predicted
correlated text strings 214 for the determined current VOIP
condition may at the same time be displayed to the client
system user D display device 109 of client system 110 for
viewing and response by the client system user D when they
return their attention to the VOIP discussion on client system
110.

FIG. 7 illustrates methodology 700 according to one
exemplary embodiment of the disclosed systems and meth-
ods that may be performed using the systems and compo-
nents previously described and illustrated herein. As shown,
methodology 700 includes both a calibration/training phase
that may be performed prior to initiating a VOIP discussion
session, and a steady state phase that may be performed
during the initiated VOIP discussion session. Methodology
700 may be performed in one embodiment by monitoring
and action software service logic 186 executing on client
system 110 in combination with machine learning logic 157
and/or Backend storage and Machine Learning Database
159 of server 155 where noted.

Still referring to FI1G. 7, steps of calibration/training phase
of methodology 700 are coordinated and performed by logic
of monitoring and action software service logic 186 on client
system 110 except where otherwise noted, and begin at step
701. Calibration/training phase of methodology 700 then
moves to step 702 where the client system user D (e.g.,
speaker “D” in the examples herein) inputs the selected (e.g.,
preferred) modality of alert by context (e.g., location, device
focus or speaker status, etc.) and duration of timestamp (e.g.,
60 seconds or the same duration as the N seconds buffer
setting) for storage in Backend storage and Machine Learn-
ing Database 159 of server 155, e.g., via keyboard 123
and/or mouse/touchpad 121 of client system 110. In step
704, the client system user D inputs as text their selected
keywords, e.g., via keyboard 123 and/or mouse/touchpad
121 of client system 110. In step 706, the client system user
D speaks their selected keywords and/or main words tuples
2121 to machine learning logic 157 executing on server 155,
e.g., via microphone/audio input circuitry 105 of client
system 110. Step 706 may be iteratively repeated by the
client system user D as shown to train a logic engine of
machine learning 157 to correctly recognize learned voice
characteristics 213 of the client system user D and learned
main words tuples 2121. Next, in step 708, the learned voice
characteristics 213 and learned main words tuples 2121 from
step 706 are stored in Backend storage and Machine Learn-
ing Database 159 as shown. Calibration/training phase of
methodology 700 then terminates in step 710. It will be
understood that besides the learning of step 706, the selected
keywords and main tuples 2121 may be predefined and
stored on Backend storage and Machine Learning Database
159 in any other suitable alternative way.

The steps of steady-state phase of methodology 700 are
next performed by logic of monitoring and action software
service logic 186 on client system 110 (except where oth-
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erwise noted), and these begin as shown at step 720.
Steady-state phase of methodology 700 then moves to step
722 where activity of VOIP application 182 is monitored to
detect that a VOIP discussion including client system 110
and client user D has started. Once such a VOIP discussion
session has been started, steady-state phase of methodology
700 proceeds to step 724 where monitoring and action
software service logic 186 loads data from Backend storage
and Machine Learning Database 159, including elements
tied to meeting participants (e.g., such as learned voice
characteristics 213 for client user D, learned main words
tuples 2121, pre-defined keyword 215) and the selected alert
modality or modalities previously entered by client system
D in step 702.

Next, steady-state phase of methodology 700 proceeds to
step 726 where VOIP audio output stream 209 from VOIP
application 182 (e.g., including incoming VOIP speech
stream data from multiple other VOIP speakers A, B and C)
is captured and sorted in real time by monitoring and action
software service 186 as previously described in relation to
FIG. 2. In step 726, VOIP audio output stream 209 is
separated into one or more separate VOIP speaker streams
(e.g., corresponding to one or more of other VOIP speakers
A, B and/or C). Speech-to-text conversion is then performed
on each of the separate VOIP speaker streams in step 728 to
produce separate VOIP speaker text channels 210 that each
correspond to a given VOIP speaker. Then in step 730,
monitoring and action software service 186 may analyze the
last N seconds worth of the separate VOIP speaker text
channels 210 to determine the presence of pre-defined
keyword 215 of step 704 within any of separate VOIP
speaker text channels 210. If not, then steady-state phase of
methodology 700 repeats from step 731 to step 726 as
shown, and steps 726 to 731 repeat. However, if pre-defined
keyword was detected to be present in multiple separate
VOIP speaker text channels 210 during step 730, then
steady-state phase of methodology 700 proceeds from step
731 to step 732 for identification and cross-correlation of
any main words found in multiple separate VOIP speaker
text channels 210 based on detected presence of machine-
learned main words tuples 2121 of step 706 to identify a
VOIP condition (e.g., predicted correlated text strings 214)
as previously described.

Next, in step 734, an overall weighting value is deter-
mined for each VOIP speaker text string based on a com-
bination of its timestamp coefficient (TC), speaker label
coefficient (SL) and semantic coefficient (SC), e.g., by
adding these separate coefficients together, averaging these
separate coefficients, etc. Then predicted correlated text
strings are determined in step 734 based on highest weight-
ing value at each timestamp, e.g., a given text string having
the highest determined overall weighting value (highest
combined weighting score) at each given time stamp is
selected to be a correlated text string for that time stamp.
Then steady-state phase of methodology 700 proceeds to
step 736 where action determination and command task 208
may be performed by logic of monitoring and action soft-
ware service 186 to select a predefined action (modality) that
corresponds, for example, to an identified VOIP condition
(e.g., predicted correlated text string/s 214) of step 734. In
one embodiment, a predefined action may be an alert that is
provided in step 738 according to the selected modality, such
as described in relation to FIG. 2. Steady state phase of
methodology 700 then returns to step 726, and repeats as
shown. In this way, keyword spotter may be mapped to
contextual alerts. For example, keyword sequences detected
in separate VOIP speaker text channels 210 may be adap-

25

30

40

45

14

tively correlated to capture group interactions, and then to
contextually alert the client system user on the right alert
modality, e.g., in a way to preserve the tradeoff of user
attention in large VOIP meetings without compromising
multi-tasking/productivity options.

It will be understood that methodology of FIG. 7 is
exemplary only, and that any combination of fewer, addi-
tional and/or alternative steps may be employed that are
suitable for monitoring and using one or more characteristics
of' a VOIP discussion to identify one or more condition/s in
real time as they are identified to occur during the current
VOIP discussion, and determining and taking one or more
automatic actions based on the identified VOIP condition/s
so as to inform and/or alert a client system user to the
occurrence of the identified VOIP condition/s as they occur.

It will also be understood that one or more of the tasks,
functions, or methodologies described herein (e.g., includ-
ing those described herein for components 101, 102, 105,
106, 108, 109, 111, 117, 119, 151, 155, 157, 159, 161, 180,
182, 184, 186, 187, etc.) may be implemented by circuitry
and/or by a computer program of instructions (e.g., com-
puter readable code such as firmware code or software code)
embodied in a non-transitory tangible computer readable
medium (e.g., optical disk, magnetic disk, non-volatile
memory device, etc.), in which the computer program com-
prising instructions is configured when executed on a pro-
cessing device in the form of a programmable integrated
circuit (e.g., processor such as CPU, controller, microcon-
troller, microprocessor, ASIC, etc. or programmable logic
device “PLD” such as FPGA, complex programmable logic
device “CPLD”, etc.) to perform one or more steps of the
methodologies disclosed herein. In one embodiment, a
group of such processing devices may be selected from the
group consisting of CPU, controller, microcontroller, micro-
processor, FPGA, CPLD and ASIC. The computer program
of instructions may include an ordered listing of executable
instructions for implementing logical functions in an infor-
mation handling system or component thereof. The execut-
able instructions may include a plurality of code segments
operable to instruct components of an information handling
system to perform the methodologies disclosed herein.

It will also be understood that one or more steps of the
present methodologies may be employed in one or more
code segments of the computer program. For example, a
code segment executed by the information handling system
may include one or more steps of the disclosed methodolo-
gies. It will be understood that a processing device may be
configured to execute or otherwise be programmed with
software, firmware, logic, and/or other program instructions
stored in one or more non-transitory tangible computer-
readable mediums (e.g., data storage devices, flash memo-
ries, random update memories, read only memories, pro-
grammable memory devices, reprogrammable storage
devices, hard drives, floppy disks, DVDs, CD-ROMs, and/or
any other tangible data storage mediums) to perform the
operations, tasks, functions, or actions described herein for
the disclosed embodiments.

For purposes of this disclosure, an information handling
system may include any instrumentality or aggregate of
instrumentalities operable to compute, calculate, determine,
classify, process, transmit, receive, retrieve, originate,
switch, store, display, communicate, manifest, detect,
record, reproduce, handle, or utilize any form of informa-
tion, intelligence, or data for business, scientific, control, or
other purposes. For example, an information handling sys-
tem may be a personal computer (e.g., desktop or laptop),
tablet computer, mobile device (e.g., personal digital assis-
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tant (PDA) or smart phone), server (e.g., blade server or rack
server), a network storage device, or any other suitable
device and may vary in size, shape, performance, function-
ality, and price. The information handling system may
include random access memory (RAM), one or more pro-
cessing resources such as a central processing unit (CPU) or
hardware or software control logic, ROM, and/or other types
of nonvolatile memory. Additional components of the infor-
mation handling system may include one or more disk
drives, one or more network ports for communicating with
external devices as well as various input and output (1/O)
devices, such as a keyboard, a mouse, touch screen and/or a
video display. The information handling system may also
include one or more buses operable to transmit communi-
cations between the various hardware components.
While the invention may be adaptable to various modi-
fications and alternative forms, specific embodiments have
been shown by way of example and described herein.
However, it should be understood that the invention is not
intended to be limited to the particular forms disclosed.
Rather, the invention is to cover all modifications, equiva-
lents, and alternatives falling within the spirit and scope of
the invention as defined by the appended claims. Moreover,
the different aspects of the disclosed systems and methods
may be utilized in various combinations and/or indepen-
dently. Thus, the invention is not limited to only those
combinations shown herein, but rather may include other
combinations.
What is claimed is:
1. A method, comprising:
providing in a first information handling system a voice
over internet protocol (VOIP) audio output stream
including incoming VOIP speech data of two or more
separate and different VOIP human speakers received
in the first information handling system from across a
network, the two or more separate and different VOIP
human speakers being respective different human users
of two or more separate and different information
handling systems that are different from the first infor-
mation handling system and that are coupled across the
network to the first information handling system;

separating the VOIP audio output stream into two or more
separate and different VOIP speaker streams that each
correspond to a respective separate and different one of
the two or more VOIP human speakers, and transcrib-
ing each separate and different VOIP speaker stream to
produce a corresponding separate and different speaker
text channel for each given VOIP speaker stream that
includes the one or more VOIP text strings spoken by
the respective separate and different one of the two or
more VOIP human speakers that corresponds to the
given VOIP speaker stream;
comparing each of the separate and different speaker text
channels in real time to one or more predefined key-
words to identify a predefined keyword present within
a current text string of one of the separate and different
speaker text channels spoken by a first one of the two
or more separate and different VOIP human speakers;

determining a predicted sequential correlation between
the current text string containing the predefined key-
word that is spoken by the first one of the two or more
separate and different VOIP human speakers and one or
more other text strings previously spoken by any of the
two or more separate and different VOIP human speak-
ers;

determining a current context of a human user of the first
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first information handling system being a separate and
different human user from the two or more separate and
different VOIP human speakers; and
selecting a predefined modality corresponding to the
current context of the human user of the first informa-
tion handling system, and taking an action correspond-
ing to the determined modality to alert the human user
of the first information handling system to the occur-
rence of the predicted sequential correlation between
the current text string spoken by the first one of the two
or more separate and different VOIP human speakers
and the one or more other text strings previously
spoken by any of the two or more separate and different
VOIP human speakers;

where each of the respective different users of the two or
more separate and different information handling sys-
tems are participating as one of the respective two or
more VOIP human speakers with a human user of the
first information handling system in a current VOIP
discussion session held across the network between the
first information handling system and the two or more
separate and different information handling systems;
and

where the respective incoming VOIP speech data of each

given one of the two or more separate and different
VOIP human speakers includes one or more VOIP text
strings spoken during the current VOIP discussion
session by the given VOIP human speaker, each of the
two or more separate and different information han-
dling systems providing the VOIP speech data of its
corresponding human user to the current VOIP discus-
sion session.

2. The method of claim 1, further comprising maintaining
a sliding window buffer containing a buffer portion of the
previously spoken separate and different speaker text chan-
nels; and determining the predicted sequential correlation
between the current text string containing the predefined
keyword and the one or more other text strings previously
spoken by any of the two or more separate and different
VOIP human speakers by sequentially correlating the buffer
portion of previously spoken separate and different speaker
text channels to the current text string containing the pre-
defined keyword.

3. The method of claim 2, where the step of sequentially
correlating the buffer portion of previously spoken separate
and different speaker text channels to the current text string
containing the predefined keyword comprises using seman-
tic analysis to sequentially correlate the other one or more
previously spoken text strings to the current text string
containing the predefined keyword.

4. The method of claim 3, where the step of using
semantic analysis to sequentially correlate the other one or
more previously spoken text strings to the current text string
containing the predefined keyword comprises:

assigning a time stamp, semantic coefficient and speaker

label to each of the other one or more previously
spoken text strings;

determining a weight for each of the previously spoken

text strings using a combination of time stamp, seman-
tic coeflicient and speaker label assigned to each of the
other one or more previously spoken text strings; and
sequentially correlating the other one or more previously
spoken text strings to the current text string containing
the predefined keyword based on the determined
weight of each of the previously spoken text strings.

5. The method of claim 2, where the step of sequentially

correlating the buffer portion of previously spoken separate
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speaker text channels to the current text string containing the
predefined keyword comprises comparing each of the pre-
viously spoken separate speaker text channels in the buffer
to one or more pre-defined main words tuples to identify at
least one text string in the buffer portion of previously
spoken separate speaker text channels that corresponds to
one of the pre-defined main words tuples, and determining
a predicted sequential correlation between the at least one
text string containing the pre-defined main words tuples and
the current text string containing the predefined keyword.

6. The method of claim 1, where the determining the
current context of the human user of the first information
handling system comprises determining an identity of an
active user application that is currently in focus on the user
desktop of the first information handling system and that is
different from a current VOIP application hosting the current
VOIP discussion session on the first information handling
system; and where the taking the action corresponding to the
determined modality comprises one of:

automatically displaying an alert to the user superimposed

or over the displayed window of the determined current
in-focus active application on a display device of the
first information handling system only upon determin-
ing the identity of the active user application that is
currently in focus on the user desktop of the first
information handling system and that is different from
a current VOIP application hosting the current VOIP
discussion session on the first information handling
system; or

automatically changing the current in-focus application

on the first information handling system to the current
VOIP application from the determined current in-focus
active application only upon determining the identity of
the active user application that is currently in focus on
the user desktop of the first information handling
system and that is different from a current VOIP
application hosting the current VOIP discussion session
on the first information handling system.

7. The method of claim 1, where the determining current
context of the human user of the first information handling
system comprises determining that a monitored current
activity of the human user is currently occurring on a device
that is different than the first information handling system;
and where the taking the action corresponding to the deter-
mined modality comprises automatically providing a visual
and/or audio alert to the user on the other device that is
different from the first information handling system only
upon the determining that the current context of the human
user of the first information handling system comprises a
monitored current activity of the human user of the first
information handling system that is currently occurring on
the other device that is different than the first information
handling system.

8. The method of claim 1, further comprising receiving
and storing the predefined keyword corresponding to a
current text string spoken by a first one of the separate and
different VOIP human speakers prior to providing in the first
information handling system the VOIP audio output stream
including incoming VOIP speech data of the two or more
separate and different VOIP human speakers received from
across the network.

9. The method of claim 1, further comprising receiving
and storing the predefined modality corresponding to the
current context of the human user of the first information
handling system from the human user of the first information
handling system prior to providing in the first information
handling system the VOIP audio output stream including
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incoming VOIP speech data of two or more separate and
different VOIP human speakers received from across the
network.
10. The method of claim 9, further comprising receiving
and storing the predefined modality corresponding to the
current context of the human user of the first information
handling system prior to providing in the first information
handling system the VOIP audio output stream including
incoming VOIP speech data of the two or more separate and
different VOIP human speakers received from across the
network.
11. A system, comprising a first information handling
system coupled to a network and comprising at least one
programmable integrated circuit receiving a voice over
internet protocol (VOIP) audio output stream including
incoming VOIP speech data of two or more separate and
different VOIP human speakers received from across the
network, the two or more separate and different VOIP
human speakers being respective different human users of
two or more separate and different information handling
systems that are different from the first information handling
system and that are coupled across the network to the first
information handling system; where the at least one pro-
grammable integrated circuit is programmed to:
separate the VOIP audio output stream into two or more
separate and different VOIP speaker streams that each
correspond to a respective separate and different one of
the two or more VOIP human speakers, and transcribe
each separate and different VOIP speaker stream to
produce a corresponding separate speaker and different
text channel that includes the one or more VOIP text
strings spoken by the respective separate and different
one of the two or more VOIP human speakers that
corresponds to the given VOIP speaker stream;

compare each of the separate and different speaker text
channels in real time to one or more predefined key-
words to identify a predefined keyword present within
a current text string of one of the separate and different
speaker text channels spoken by a first one of the two
or more separate and different VOIP human speakers;

determine a predicted sequential correlation between the
current text string containing the predefined keyword
that is spoken by the first one of the two or more
separate and different VOIP human speakers and one or
more other text strings previously spoken by any of the
two or more separate and different VOIP human speak-
ers;

determine a current context of a human user of the first

information handling system, the human user of the
first information handling system being a separate and
different human user from the two or more separate and
different VOIP human speakers;

select a predefined modality corresponding to the current

context of the human user of the first information
handling system; and

take an action corresponding to the determined modality

to alert the human user of the first information handling
system to the occurrence of the predicted sequential
correlation between the current text string spoken by
the first one of the two or more separate and different
VOIP human speakers and the one or more other text
strings previously spoken by any of the two or more
separate and different VOIP human speakers;

where each of the respective different users of the two or

more separate and different information handling sys-
tems are participating as one of the respective two or
more VOIP human speakers with a human user of the
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first information handling system in a current VOIP
discussion session held across the network between the
first information handling system and the two or more
separate and different information handling systems;
and

where the respective incoming VOIP speech data of each

given one of the two or more separate and different
VOIP human speakers includes one or more VOIP text
strings spoken during the current VOIP discussion
session by the given VOIP human speaker, each of the
two or more separate and different information han-
dling systems providing the VOIP speech data of its
corresponding human user to the current VOIP discus-
sion session.

12. The system of claim 11, where the at least one
programmable integrated circuit is further programmed to:

maintain a sliding window buffer containing a buffer

portion of the previously spoken separate and different
speaker text channels; and

determine the predicted sequential correlation between

the current text string containing the predefined key-
word and the one or more other text strings previously
spoken by any of the two or more separate and different
VOIP human speakers by sequentially correlating the
buffer portion of previously spoken separate and dif-
ferent speaker text channels to the current text string
containing the predefined keyword.

13. The system of claim 12, where the at least one
programmable integrated circuit is further programmed to
sequentially correlate the buffer portion of previously spo-
ken separate and different speaker text channels to the
current text string containing the predefined keyword using
semantic analysis to sequentially correlate the other one or
more previously spoken text strings to the current text string
containing the predefined keyword.

14. The system of claim 13, where the at least one
programmable integrated circuit is further programmed to
use semantic analysis to sequentially correlate the other one
or more previously spoken text strings to the current text
string containing the predefined keyword by:

assigning a time stamp, semantic coefficient and speaker

label to each of the other one or more previously
spoken text strings;

determining a weight for each of the previously spoken

text strings using a combination of time stamp, seman-
tic coeflicient and speaker label assigned to each of the
other one or more previously spoken text strings; and
sequentially correlating the other one or more previously
spoken text strings to the current text string containing
the predefined keyword based on the determined
weight of each of the previously spoken text strings.

15. The system of claim 12, where the at least one
programmable integrated circuit is further programmed to
sequentially correlate the buffer portion of previously spo-
ken separate speaker text channels to the current text string
containing the predefined keyword by:

comparing each of the previously spoken separate speaker

text channels in the buffer to one or more pre-defined
main words tuples to identify at least one text string in
the buffer portion of previously spoken separate
speaker text channels that corresponds to one of the
pre-defined main words tuples; and

determining a sequential correlation between the at least

one text string containing the pre-defined main words
tuples and he current text string containing the pre-
defined keyword.
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16. The system of claim 15, further comprising a second
information handling system comprising a programmable
integrated circuit and being coupled to the first information
handling system across the network, the programmable
integrated circuit of the second information handling system
being programmed to:

receive and store in a backend database of the second

information handling system the pre-defined main
words tuples received across the network from the
human user of the first information handling system;
and

then provide from the backend database the pre-defined

main words tuples across the network to the first
information handling system.

17. The system of claim 11, where the at least one
programmable integrated circuit is programmed to:

determine the current context of the human user of the

first information handling system by determining an

identity of an active user application that is currently in

focus on the user desktop of the first information

handling system and that is different from a current

VOIP application hosting the current VOIP discussion

session on the first information handling system; and

where the action taken corresponding to the determined

modality comprises one of:

automatically displaying an alert to the user superim-
posed or over the displayed window of the deter-
mined current in-focus active application on a dis-
play device of the first information handling system
only upon determining the identity of the active user
application that is currently in focus on the user
desktop of the first information handling system and
that is different from a current VOIP application
hosting the current VOIP discussion session on the
first information handling system, or

automatically changing the current in-focus application
on the first information handling system to the cur-
rent VOIP application from the determined current
in-focus active application only upon the determin-
ing the identity of the active user application that is
currently in focus on the user desktop of the first
information handling system and that is different
from a current VOIP application hosting the current
VOIP discussion session on the first information
handling system.

18. The system of claim 11, where the at least one
programmable integrated circuit is programmed to:

determine the current context of the human user of the

first information handling system by determining that a
monitored current activity of the human user is cur-
rently occurring on a device that is different than the
first information handling system; and

where the action taken corresponding to the determined

modality comprises automatically providing a visual
and/or audio alert to the user on the other device that is
different from the first information handling system
only upon the determining that the current context of
the human user of the first information handling system
comprises a monitored current activity of the human
user of the first information handling system that is
currently occurring on the other device that is different
than the first information handling system.

19. The system of claim 11, further comprising a second
information handling system comprising a programmable
integrated circuit and being coupled to the first information
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handling system across the network, the programmable
integrated circuit of the second information handling system
being programmed to:
receive and store in a backend database of the second
information handling system the predefined keyword
corresponding to a current text string spoken by a first
one of the two or more separate and different VOIP
human speakers across the network from the human
user of the first information handling system; and

then provide from the backend database the predefined
keyword corresponding to the current text string spo-
ken by the first one of the two or more separate and
different VOIP human speakers across the network to
the first information handling system.

20. The system of claim 11, further comprising a second
information handling system comprising a programmable
integrated circuit and being coupled to the first information
handling system across the network, the programmable
integrated circuit of the second information handling system
being programmed to:

receive and store in a backend database of the second

information handling system the predefined modality
corresponding to the current context of the human user
of the first information handling system from the
human user of the first information handling system;
and

then provide from the backend database of the second

information handling system the predefined modality
corresponding to the current context of the human user
of the first information handling system across the
network to the first information handling system.
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