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GRAPHICALLY INTERACTIVE VOICE 
RESPONSE SYSTEM 

CROSS REFERENCE TO RELATED 
APPLICATIONS 

[ 0001 ] This application claims priority to and incorporates 
by reference U.S. Provisional Patent Application Ser . No. 
62 / 901,547 filed on Sep. 17 , 2019 . 

STATEMENT REGARDING FEDERALLY 
SPONSORED RESEARCH 

[ 0002 ] None . 
FIELD 

[ 0003 ] This disclosure relates to programming and set - up 
techniques for interactive voice response systems featuring 
an automated attendant in a call center environment . 

BACKGROUND 

[ 0004 ] Large businesses often have extremely busy tele 
phone systems , some of which merit a corporate call center 
to receive incoming calls from customers and clients . Com 
puter systems have been used for decades to manage the call 
center environments , and virtual attendants have been devel 
oped to triage calls as they come into the call center . The 
problems that call centers currently incur center largely 
around flexibility and enacting changes to the call center call 
routing systems on the fly . 
[ 0005 ] Today , contact centers are primarily on - premise 
software solutions . This requires an enterprise to make a 
substantial investment in hardware , installation and regular 
maintenance of such solutions . Using on - premise software , 
agents and supervisors are stationed in an on - site call center . 
In addition , a dedicated IT staff is required because on - site 
software may be too complicated for supervisors and agents 
to handle on their own . Another drawback of on - premise 
solutions is that such solutions cannot be easily enhanced to 
include capabilities to that meet the current demands of 
technology . Thus , there is a need for a solution to enhance 
legacy on - premise solutions to provide an easy path for such 
solutions to address the ever changing technology advance 
ments and channels by which customers interact with con 
tact centers . 
[ 0006 ] A need currently exists in the field of virtual 
telephone systems , call centers , and interactive voice 
response systems to set up call programming and call 
routing to agents within an organization . 

examples of the present disclosure and together with the 
description , serve to explain , without limitation , the prin 
ciples of the disclosure . Like numbers represent the same 
element ( s ) throughout the figures . 
[ 0009 ] The components in the drawings are not necessar 
ily to scale relative to each other . Like reference numerals 
designate corresponding parts throughout the several views . 
[ 0010 ] FIG . 1 illustrates an example environment ; 
[ 0011 ] FIG . 2 illustrates aspects of workforce management 
( WFM ) solutions within the context of the environment of 
FIG . 1 ; 
[ 0012 ] FIG . 3 illustrates aspects of workforce optimization 
( WFO ) solutions within the context of the environment of 
FIG . 1 ; 
[ 0013 ] FIG . 4 illustrates example implementations of 
automated voice response systems programmed as set forth 
in the present disclosure ; 
[ 0014 ] FIG . 5 illustrates example implementations of 
automated voice response systems programmed as set forth 
in the present disclosure ; 
[ 0015 ] FIG . 6 illustrates example implementations of 
automated voice response systems programmed as set forth 
in the present disclosure ; 
[ 0016 ] FIG . 7 illustrates example implementations of 
automated voice response systems programmed as set forth 
in the present disclosure ; 
[ 0017 ] FIG . 8 illustrates example implementations of 
automated voice response systems programmed as set forth 
in the present disclosure ; 
[ 0018 ] FIG . 9 illustrates example implementations of 
automated voice response systems 
[ 0019 ] FIG . 10 illustrates an example computing device . 
[ 0020 ] FIG . 11 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0021 ] FIG . 12 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0022 ] FIG . 13 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0023 ] FIG . 14 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0024 ] FIG . 15 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0025 ] FIG . 16 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0026 ] FIG . 17 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0027 ] FIG . 18 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 

BRIEF SUMMARY 

[ 0007 ] A method using computerized networks to route 
call data and other kinds of incoming communications data 
to a customer agent includes presenting , on a computerized 
display , a series of drop - down menus indicating options for 
transmitting incoming call data within an organization and 
adding , to the computerized display , a graphical indication 
of a selected option from the series of drop down menus . 

BRIEF DESCRIPTION OF THE DRAWINGS 

[ 0008 ] The accompanying drawings , which are in and 
constitute a part of this specification , illustrate certain 
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[ 0028 ] FIG . 19 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0029 ] FIG . 20 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0030 ] FIG . 21 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0031 ] FIG . 22 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0032 ] FIG . 23A is a schematic representation of a net 
worked call center routing program in block diagram as 
disclosed herein . 
[ 0033 ] FIG . 23B is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0034 ] FIG . 24 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0035 ] FIG . 25 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0036 ] FIG . 26 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0037 ] FIG . 27 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0038 ] FIG . 28 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0039 ] FIG . 29 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0040 ] FIG . 30 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0041 ] FIG . 31 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0042 ] FIG . 32 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0043 ] FIG . 33 is a schematic representation of a net 
worked call center routing program with vi FIG . 11 is a 
schematic representation of a networked call center routing 
program with visual routing components and drop down 
menu options as disclosed herein . 

[ 0044 ] FIG . 34 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0045 ] FIG . 35 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0046 ] FIG . 36 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0047 ] FIG . 37 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0048 ] FIG . 38 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0049 ] FIG . 39 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0050 ] FIG . 40 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0051 ] FIG . 41 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0052 ] FIG . 42 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0053 ] FIG . 43 is a schematic representation of a net 
worked call center routing program with visual routing 
com nts and drop down menu options as disclosed 
herein . 
[ 0054 ] FIG . 44 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0055 ] visual routing components and drop down menu 
options as disclosed herein . 
[ 0056 ] FIG . 45 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0057 ] FIG . 46 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0058 ] FIG . 47 is a schematic representation of a net 
worked call center routing program with visual routing 
components and drop down menu options as disclosed 
herein . 
[ 0059 ] FIG . 48 is a schematic representation of the effi 
ciency for various algorithms used to authenticate data 
updates at any one of the primary computer , member com 
puters , or verifier party computers as disclosed herein . 



US 2021/0084165 A1 Mar. 18 , 2021 
3 

DETAILED DESCRIPTION 

[ 0060 ] The following description of the disclosure is pro 
vided as an enabling teaching of the disclosure in its best , 
currently known embodiment ( s ) . To this end , those skilled in 
the relevant art will recognize and appreciate that many 
changes can be made to the various embodiments of the 
embodiments described herein , while still obtaining the 
beneficial results of the present disclosure . It will also be 
apparent that some of the desired benefits of the present 
disclosure can be obtained by selecting some of the features 
of the present disclosure without utilizing other features . 
Accordingly , those who work in the art will recognize that 
many modifications and adaptations to the present disclosure 
are possible and can even be desirable in certain circum 
stances and are a part of the present disclosure . Thus , the 
following description is provided as illustrative of the prin 
ciples of the present disclosure and not in limitation thereof . 

Terminology 
[ 0061 ] Unless defined otherwise , all technical and scien 
tific terms used herein have the same meaning as commonly 
understood to one of ordinary skill in the art to which this 
disclosure belongs . 
[ 0062 ] As used in the specification and claims , the singu 
lar form “ a , ” “ an , ” and “ the ” include plural references unless 
the context clearly dictates otherwise . For example , the term 
“ an agent ” includes a plurality of agents , including mixtures 
thereof . 
[ 0063 ] As used herein , the terms “ can , ” “ may , ” “ option 
ally , " " can optionally , " and " may optionally " are used inter 
changeably and are meant to include cases in which the 
condition occurs as well as cases in which the condition does 
not occur . Thus , for example , the statement that a formula 
tion “ may include an excipient " is meant to include cases in 
which the formulation includes an excipient as well as cases 
in which the formulation does not include an excipient . 
[ 0064 ] Ranges can be expressed herein as from “ about ” 
one particular value , and / or to “ about ” another particular 
value . When such a range is expressed , another embodiment 
includes from the one particular value and / or to the other 
particular value . Similarly , when values are expressed as 
approximations , by use of the antecedent “ about , ” it will be 
understood that the particular value forms another embodi 
ment . It will be further understood that the endpoints of each 
of the ranges are significant both in relation to the other 
endpoint , and independently of the other endpoint . It is also 
understood that there are a number of values disclosed 
herein , and that each value is also herein disclosed as 
“ about ” that particular value in addition to the value itself . 
For example , if the value “ 10 ” is disclosed , then “ about 10 " 
is also disclosed . 
[ 0065 ] Publications cited herein are hereby specifically by 
reference in their entireties and at least for the material for 
which they are cited . 
[ 0066 ] This disclosure relates generally to telecommuni 
cation systems by which certain incoming telecommunica 
tions data arrive at an organization for processing , and the 
incoming telecommunications data are analyzed for action 
in a computerized , software driven environment such as a 
call center utilizing automated virtual attendants , interactive 
voice response systems , and the like , along with routing 
protocols directing certain data to human agents or human 
computer operators . In particular , incoming telecommuni 

cations data may be traditional voice data , voice over 
internet protocol ( VOIP ) data , chat or messaging data , 
keyboard or touch screen entries , text - to - speech and speech 
to - text data , and the like . The incoming telecommunications 
data may be generally referred to as respective “ calls ” 
coming into a system , but the term “ call ” is not limited to 
any particular source , content , protocol , or format . The 
terms " call ” and “ call data , ” as used herein , is non - limiting 
and only used as a convenient expression to denote incom 
ing telecommunications data , bi - directional telecommunica 
tions data , and output telecommunications data of all kinds 
and with respect to an organization's telecommunications 
processing system , such as but not limited to a call center . 
[ 0067 ] In some embodiments , this disclosure is directed to 
not only processing the call data but also pre - planning the 
manner in which call data is handled . Historically , many call 
center software operations are programmed by a vendor to 
map out call “ flow ” routes across and among hardware 
devices and / or call agents , both live and virtual , who handle 
the incoming call data . The call agents are responsible to 
ensure that appropriate output data is transmitted back to a 
caller and that the caller is properly engaged in the most 
appropriate manner in the fastest time . The call flow plan 
ning , therefore , is critical to call center success rates . In 
some embodiments of this disclosure , the call flow planning , 
implementation , and updating can be successfully achieved 
by a client organization as opposed to a vendor because this 
disclosure implements a graphical programming system for 
call flow planning that can be utilized by a purchasing 
organization in - house . The embodiments described herein 
allow for numerous employees of an organization , managing 
incoming and outgoing telecommunications data , to have 
authorized access to a call flow management system within 
an organization so that changes and updates do not have to 
be implemented by only the vendor who sells the system . 
Instead , as shown in the figures and described below , user 
friendly drop - down menus implement and supplement a 
graphical representation of the call flow that an iterative 
selection of parameters has implemented . The graphical 
representation allows the user to see how a flow is currently 
working , click on links and decision tools , and access user 
friendly selection tools for changes . 
[ 0068 ] Unless defined otherwise , all technical and scien 
tific terms used herein have the same meaning as commonly 
understood by one of ordinary skill in the art . Methods and 
materials similar or equivalent to those described herein can 
be used in the practice or testing of the present disclosure . 
While implementations will be described within a cloud 
based contact center , it will become evident to those skilled 
in the art that the implementations are not limited thereto . 
[ 0069 ] The present disclosure is generally directed to a 
cloud - based contact center solution . With the rise of cloud 
based computing , contact centers that take advantage of this 
infrastructure are able to quickly add new features and 
channels . Cloud - based contact centers improve the customer 
experience by leveraging application programming inter 
faces ( APIs ) and software development kits ( SDKs ) to allow 
the contact center to change in in response to an enterprise's 
needs . For example , communications channels may be eas 
ily added as the APIs and SDKs enable adding channels , 
such as SMS / MMS , social media , web , etc. Cloud - based 
contact centers provide a platform that enables frequent 
updates . Yet another advantage of cloud - based contact cen 
ters is increased reliability , as cloud - based contact centers 
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may be strategically and geographically distributed around 
the world to optimally route calls to reduce latency and 
provide the highest quality experience . As such , customers 
are connected to agents faster and more efficiently . 
[ 0070 ) Example Cloud - Based Contact Center Architecture 
[ 0071 ] FIG . 1 is an example system architecture 100 , and 
illustrates example components , functional capabilities and 
optional modules that may be included in a cloud - based 
contact center infrastructure solution . Customers 110 inter 
act with a contact center 150 using voice , email , text , and 
web interfaces in order to communicate with agent ( s ) 120 
through a network 130 and one or more of text or multime 
dia channels 140. The agent ( s ) 120 may be remote from the 
contact center 150 and handle communications with cus 
tomers 110 on behalf of an enterprise . The agent ( s ) 120 may 
utilize devices , such as but not limited to , work stations , 
desktop computers , laptops , telephones , a mobile smart 
phone and / or a tablet . Similarly , customers 110 may com 
municate using a plurality of devices , including but not 
limited to , a telephone , a mobile smartphone , a tablet , a 
laptop , a desktop computer , or other . For example , telephone 
communication may traverse networks such as a public 
switched telephone networks ( PSTN ) , Voice over Internet 
Protocol ( VoIP ) telephony ( via the Internet ) , a Wide Area 
Network ( WAN ) or a Large Area Network . The network 
types are provided by way of example and are not intended 
to limit types of networks used for communications . 
[ 0072 ] Agent ( s ) 120 and customers 110 may communicate 
with each other and with other services over the network 
130. For example , a customer calling on telephone handset 
may connect through the PSTN and terminate on a private 
branch exchange ( PBX ) . A video call originating from a 
tablet may connect through the network 130 terminate on the 
media server . A smartphone may connect via the WAN and 
terminate on an interactive voice response ( IVR ) / intelligent 
virtual agent ( IVA ) components . IVR are self - service voice 
tools that automate the handling of incoming and outgoing 
calls . Advanced IVRs use speech recognition technology to 
enable customers to interact with them by speaking instead 
of pushing buttons on their phones . IVR applications may be 
used to collect data , schedule callbacks and transfer calls to 
live agents . IVA systems are more advanced and utilize 
artificial intelligence ( AI ) , machine learning ( ML ) , 
advanced speech technologies ( e.g. , natural language under 
standing ( NLU ) / natural language processing ( NLP ) / natural 
language generation ( NLG ) ) to simulate live and unstruc 
tured cognitive conversations for voice , text and digital 
interactions . In yet another example , Social media , email , 
SMS / MMS , IM may communicate with their counterpart's 
application ( not shown ) within the contact center 150 . 
[ 0073 ] The contact center 150 itself be in a single location 
or may be cloud - based and distributed over a plurality of 
locations . The contact center 150 may include servers , 
databases , and other components . In particular , the contact 
center 150 may include , but is not limited to , a routing 
server , a SIP server , an outbound server , a reporting / dash 
board server , automated call distribution ( ACD ) , a computer 
telephony integration server ( CTI ) , an email server , an IM 
server , a social server , a SMS server , and one or more 
databases for routing , historical information and campaigns . 
[ 0074 ] The ACD is used by inbound , outbound and 
blended contact centers to manage the flow of interactions 
by routing and queuing them to the most appropriate agent . 
Within the CTI , software connects the ACD to a servicing 

application ( e.g. , customer service , CRM , sales , collections , 
etc. ) , and looks up or records information about the caller . 
CTI may display a customer's account information on the 
agent desktop when an interaction is delivered . Campaign 
management may be performed by an application to design , 
schedule , execute and manage outbound campaigns . Cam 
paign management systems are also used to analyze cam 
paign effectiveness . 
[ 0075 ] For inbound SIP messages , the routing server may 
use statistical data from reporting / dashboard information 
and a routing database to the route SIP request message . A 
response may be sent to the media server directing it to route 
the interaction to a target agent 120. The routing database 
may include : customer relationship management ( CRM ) 
data ; data pertaining to one or more social networks ( includ 
ing , but not limited to network graphs capturing social 
relationships within relevant social networks , or media 
updates made by members of relevant social networks ) ; 
agent skills data ; data extracted from third party data sources 
including cloud - based data sources such as CRM ; or any 
other data that may be useful in making routing decisions . 
[ 0076 ] The integration of real - time and non - real - time 
communication services may be performed by unified com 
munications ( UC ) / presence sever . Real - time communication 
services include Internet Protocol ( IP ) telephony , call con 
trol , instant messaging ( IM ) / chat , presence information , 
real - time video and data sharing . Non - real - time applications 
include voicemail , email , SMS and fax services . The com 
munications services are delivered over a variety of com 
munications devices , including IP phones , personal comput 
ers ( PCs ) , smartphones and tablets . Presence provides real 
time status information about the availability of each person 
in the network , as well as their preferred method of com 
munication ( e.g. , phone , email , chat and video ) . 
[ 0077 ] Recording applications may be used to capture and 
play back audio and screen interactions between customers 
and agents . Recording systems should capture everything 
that happens during interactions and what agents do on their 
desktops . Surveying tools may provide the ability to create 
and deploy post - interaction customer feedback surveys in 
voice and digital channels . Typically , the IVR / IVA develop 
ment environment is leveraged for survey development and 
deployment rules . Reporting / dashboards are tools used to 
track and manage the performance of agents , teams , depart 
ments , systems and processes within the contact center . 
Reports are presented in narrative , graphical or tabular 
formats . Reports can be created on a historical or real - time 
basis , depending on the data collected by the contact center 
applications . Dashboards typically include widgets , gadgets , 
gauges , meters , switches , charts and graphs that allow 
role - based monitoring of agent , queue and contact center 
performance . Unified messaging ( UM ) applications include 
various messaging and communications media ( voicemail , 
email , SMS , fax , video , etc. ) stored in a common repository 
and accessed by users via multiple devices through a single 
unified interface . 
[ 0078 ] The cloud - based contact center 150 may include a 
number of optional components to help improve the perfor 
mance of agents and their departments . For example , a 
Workforce Management ( WFM ) module may be provided 
that forecasts and schedules the agents 120 to handle inter 
actions in each channel 140. Additional details of the WFM 
module 200 are shown in FIG . 2. WFM suites address 
planning , staffing , resource management and real - time intra 



US 2021/0084165 A1 Mar. 18 , 2021 
5 

day challenges . WFM suites also include workflow automa 
tion functionality to reduce the administrative burden asso 
ciated with managing common contact center activities , 
such as vacation , time - off or schedule changes , optimizing 
schedules and / or break periods , and overtime or early depar 
ture requests to address real - time variances to a plan . 
[ 0079 ] WFM solutions 200 may also provide agents 120 
with self - service capabilities such that agents 120 may 
create and manage their own schedules and obtain insight 
into personal performance . FIG . 2 groups the WFM suite 
components by primary function , although many of these 
overlap . Group 202 includes omni - Channel Forecasting that 
enables users to build forecasts for multiple contact center 
channels ( inbound / outbound voice , email , chat , short mes 
sage service ( SMS ) , video , messaging , social media , etc. ) . 
Omni - channel forecasting accounts channel - specific inter 
action characteristics such as real - time or deferred activities 
and the ability to simultaneously handle concurrent email , 
chat , SMS interactions , etc. Different algorithms may be 
used to generate forecasts for the various communication 
channels , based on historical transaction volume data ( e.g. , 
hour of the day , day of week , week of month and month of 
the year ) , shrinkage factors and seasonal changes ( holidays , 
marketing promotions , and cyclical events ) . Projected future 
transaction volumes and demand , and a capability to simu 
late interaction volumes and develop " what if ” scenarios 
may be included . Volume forecasts and staffing requirement 
forecasts may be generated . 
[ 0080 ] Also in group 202 is Back - Office / Branch Forecast 
ing , which provides forecasting capabilities to address the 
unique requirements of back - office and branch environ 
ments . This includes forecast modeling techniques and algo 
rithms to calculate skill and staffing requirements for branch / 
location based on customer demand and traffic patterns , 
including the availability of pooled employee resources 
across multiple locations . Multi - Skill Scheduling creates a 
timetable of blended agent activities that balances forecasted 
demand against agent availability . Schedules are based on 
the skill mix and proficiency level of agents who have been 
trained to perform various activities , port different prod 
ucts , or have the ability to handle more than one commu 
nication channel . 
[ 0081 ] Group 204 contains intra - day management tools 
that provide the capability to gauge real - time service - level 
impacts and help determine the actions required to ensure 
service levels are met on an ongoing basis . Adaptive Real 
Time Scheduling tools are self - learning applications that use 
rules to automate the process of identifying unanticipated 
changes in demand and finding and acquiring the resources 
to address the staffing overage or underage . This module 
may identify variances from plan , identify the skills and 
resources needed to handle the re - forecasted volumes , and 
automate the process of addressing the variances by inter 
acting directly with employees , using self - service tools to 
resolve the misalignment in real time . Real - Time Adherence 
tools capture and compare current agent activity and status 
data from the automatic call distributor ( ACD ) ( in contact 
centers ) , or work allocation and management solutions ( in 
back offices ) to schedule information . This comparison 
allows managers to recognize what agents are doing relative 
to scheduled activities , and then address any deviations from 
the plan . It enables managers to identify impacts on shrink 
age , and determine if agents are not where they are supposed 
to be or doing what they are scheduled to do . Desktop 

Analytics ( DA ) provides information regard what employ 
ees do at their desktops by using an automated and systemic 
approach to monitor , capture , structure , analyze , report and 
react to all staff desktop activity and process workflows . It 
tracks employee activity , including detection of keystrokes , 
data entry , applications , screens and fields accessed , events , 
usage duration , and resulting actions . It measures applica 
tion utilization , system response time , usage patterns , and 
performance metrics in order to monitor application usage 
and assess user efficiency , effectiveness , compliance , and 
external customer impact . DA modules may also provide 
real - time guidance to employees , as the solution knows what 
is being done in desktop applications . 
[ 0082 ] Group 204 includes administration modules such 
as dashboards the display online graphical presentations of 
real - time , near - real - time and historical WFM data . Dash 
boards should be flexible and customizable by users , allow 
ing them to modify the look and feel . Dashboards typically 
include widgets , gadgets , gauges , meters , switches , charts 
and graphs that allow role - based monitoring of operational 
activity for all stakeholders ( agents , managers , WFM admin 
istrators , etc. ) . Reporting automates the gathering , organi 
zation and display of WFM - related data in order to show 
management what is happening in the operation . Reporting 
modules should deliver information interactively online , 
including drill - down and drill - through to underlying data , as 
well as in printed documents . Standard reports should con 
solidate information from all WFM modules and provide 
different views of operational and agent performance data in 
narrative , graphical or tabular formats . A flexible reporting 
module should make it easy for users to filter and view 
information based on employees , teams , time periods , chan 
nels , etc. Administration provides an environment for man 
aging the parameters used to set up the application and to 
drive forecasting and scheduling ; parameters include work 
rules , calendars , contact routing , schedules , scheduling 
rules , skill groups , interaction channel types ( phone , chat , 
email , etc. ) , operating hours , etc. The environment should 
provide pre - built tools to facilitate system access , 
set - up , user identification and rights ( privileges ) , password 
administration and security . 
[ 0083 ] Group 206 includes agent self - service tools , such 
as a web - based and / or mobile - enabled interface into the 
WFM application that allows agents to input preferences for 
time off or schedules ( e.g. , hours and days they want to 
work ) , view vacation accruals , sign up for overtime assign 
ments or voluntary time off , initiate full or partial shift 
swaps , request schedule exceptions , and access other related 
information . Agent self - service modules allow agents see 
personal performance statistics to facilitate self - manage 
ment efforts and determine if they are meeting the goals set 
by their manager . Alerts communicate real - time issues to 
agents , managers or administrators . Alerts can be based on 
user - defined thresholds to notify managers of out - of - adher 
ence situations or extended contact durations , and inform 
agents of upcoming schedule or activity changes via screen 
displays , pop - up messages , emails , texts and broadcast 
messages . Mobility provides agents , managers , supervisors 
and administrators with role - based access to WFM func 
tionality on tablets , and iOS and Android mobile devices . 
Agents can also initiate or respond to schedule change 
requests , shift swaps , time - off and overtime requests . 
[ 0084 ] Within group 206 , performance management tools 
use analytics to help managers align their goals with those 

user 
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of the enterprise , and produces dashboards and scorecards 
that allow managers to monitor , track and improve depart 
ment and individual employee performance . Gamification 
allows contact center , back - office and branch environments 
to incorporate gaming and behavioral modification science , 
methodology and techniques systemically into business 
applications and processes . Gamification modules provide a 
recognition and reward framework to motivate and enhance 
performance , productivity , employee retention , sales , etc. 
These modules are designed to drive sustainable perfor 
mance improvements and provide recognition and / or awards 
for goal achievement while fostering healthy competition in 
operating departments . Vacation / Time - Off Management 
provides functionality for managing time - off requests and 
accruals . eLearning / Meeting Management schedules indi 
vidual or group training or meeting sessions . The solution 
utilizes user - generated input , like the maximum and mini 
mum number of staff allowed in the meeting , the venue , and 
the starting time and length of the session , to optimize the 
placement of events . Timekeeping / Payroll Management 
provides functionality to automate the timekeeping process . 
Payroll management can be configured to interface with 
corporate human resources ( HR ) or payroll systems , or work 
as a stand - alone module . 

[ 0085 ] Group 208 includes long - term strategic planning 
tools that allows managers to plan operational forecasts , 
budgets and schedules one or more years into the future . A 
benefit of this functionality is the ability to create and 
compare multiple " what if " scenarios and forecasts to enable 
users to evaluate and estimate financial and service - level 
impacts of potential changes , and be prepared to alter their 
forecasts and schedules appropriately to support the chang 
ing business environment . Hiring Management manages the 
employee acquisition process . This includes forecasting the 
number of staff and the specific skill sets required , the 
optimal mix of shifts ( full - time , part - time , flex ) and when 
the training should commence , to accommodate the required 
ramp - up period . Can also include the ability to integrate with 
HR systems to create hiring plans based on optimal staffing 
profiles . Al - based hiring management solutions may also 
assist enterprises in the candidate selection process , and 
analyze the quality of hires . Workspace Allocation automati 
cally creates seating charts during the scheduling process . 
The module assigns workspaces to agents based on perfor 
mance , seniority , queues , skills , teams , shifts or other user 
designated input . It also inserts the seating assignment into 
agents ’ schedules , and allows supervisors to display and 
print the assignments . 
[ 0086 ] FIG . 3 illustrates key components of a cloud - based 
contact center WFO suite 300. The WFO suite 300 is a set 
of applications designed to capture and analyze omni 
channel interactions in order to optimize performance and 
promote customer and employee engagement , satisfaction 
and retention . WFO suites 300 are designed to help com 
panies optimize , analyze and engage employees and cus 
tomers . The WFO suites 300 leverage historical and real 
time data to analyze customer behavior and the performance 
of front - office , back - office and branch operations and 
employees . The findings are used to identify the underlying 
cause of issues , and provide the information needed to 
support data - driven decisions and improvements to address 
the expectations , needs and wants of customers , prospects 
and employees . 

[ 0087 ] The component include , but are not limited to : 
[ 0088 ] Recording ( e.g. , audio , screen and video recording 
for quality assurance , regulatory or speech / text analytics ) , 
quality assurance quality management that determines how 
well agents adhere to internal policies and procedures ; 
[ 0089 ] Quality management ( QM ) evaluates how well 
each agent adheres to the internal policies and procedures of 
the department . Contact center performance management 
( CCPM ) integrates data from multiple sources to produce 
contact center reports and dashboards . 
[ 0090 ] Workforce Management ( WFM , as described 
above ) for forecasting and scheduling agent staffing needs ; 
[ 0091 ] Coaching / eLearning provides highly tactical and 
timely feedback and / or learning content to agents to help 
them improve their performance . Gamification — provides a 
recognition and reward framework to improve performance , 
productivity , employee retention , performance , sales , etc .; 
[ 0092 ] Voice of the customer ( VOC ) / voice of the employee 
( VoE ) / surveying tools that are omni - channel solutions that 
collect internal and external feedback , actively solicited 
and / or passively gathered from social media , community 
platforms and online review sites ; 
[ 0093 ] Performance management tools that align contact 
center activities with enterprise goals ( e.g. , provides score 
cards and dashboards to measure staff , team and department 
performance , and provides the data , metrics and key per 
formance indicators ( KPIs ) needed to improve the contact 
center and enhance the customer experience ) ; 
[ 0094 ] Speech Analytics ( e.g. , post - call and real - time ) 
capture , structure and analyze unstructured phone conver 
sations to uncover the reasons why people call , and to 
identify new revenue opportunities and allows a company to 
identify and address an issue while the caller is still on the 
line . 
[ 0095 ] Text Analytics software used to extract informa 
tion from unstructured text - based data such as emails , chats , 
SMS , social media , etc. , in order to structure it for further 
analysis or action ; 
[ 0096 ] Robotic process automation ( RPA ) software that 
leverages AI , machine learning , workflow and other tech 
nologies to automate the processing of repetitive tasks , 
initiate actions and communicate with other systems or 
employees . RPA emulates the processes performed by 
human workers and can be trained to adapt to changing 
conditions , anomalies and new situations ; 
[ 0097 ] Customer relationship management ( CRM ) / servic 
ing provides a complete view of the customer relationship 
and their interaction history ; 
[ 0098 ] Desktop analytics ( DA ) captures , tracks and ana 
lyzes everything that happens on the agent desktop . Desktop 
analytics to provide visibility to management by capturing , 
tracking and analyzing everything that happens on agents 
desktops ; text analytics that is used to extract information 
from unstructured text - based interactions such as emails , 
chats , SMS , social media , etc. , in order to structure it and use 
it to identify the reasons why people contact the organiza 
tion ; 
[ 0099 ] Real - time guidance / next - best action ( NBA ) tools 
designed to give agents the right information at the right 
time to deliver a personalized experience to each customer ; 
[ 0100 ] Gamification allows contact centers and other 
departments to incorporate gaming methods and techniques 
into business applications and processes to enhance and 
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improve agent / staff performance , motivate and drive ideal 
behaviors , and provide recognition and awards for goal 
achievement ; 
[ 0101 ] Customer Journey Analytics — an agile method of 
capturing , aggregating , measuring and evaluating the full 
experience as customers / prospects traverse an organization ; 
provides the ability to reconstruct and assess what happens 
at every touch point , from inception to fulfillment , to evalu 
ate the experience from the customer perspective ; 
[ 0102 ] Robotic process automation that is software to 
process transactions , manipulate data , trigger responses , 
initiate actions and communicate with other digital systems 
to automate the completion of high - volume , repetitive and 
non - cognitive tasks ; can be applied on an attended and 
unattended basis . 

[ 0103 ] Thus , in the context of FIGS . 1-3 , the present 
disclosure provides improvements by enabling voice sys 
tems ( e.g. , the ACD ) of traditional on - premise solutions to 
use Al - infused , cloud - based contact center applications to 
boost agent productivity , operational agility , and customer 
experience . FIG . 4 illustrates the operation of a traditional 
ACD routing calls to legacy softphones a desktop comput 
ers . FIG . 5 shows a first example implementation according 
to the present disclosure . In this example , connection and 
routing components are placed in front of the PBX / ACDI 
IVR and SIP trunk calls into the existing infrastructure . The 
connection and routing component ( s ) may be Talkdesk 
Callbar 4400 shown in FIG . 44 , which enables agents to 
place and receive calls , as well as set availability , mute or 
hold a call , transfer calls , initiate a call conference , merge or 
create new contacts , pulse call recording , add notes to a 
caller's activity history , and access the contact's profile page 
in an integration of choice . In the scenario of FIG . 5 , the 
connection and routing component ( s ) become the telephone 
and recording software for the enhanced legacy agent inter 
face . FIG . 6 shows an alternative first example implemen 
tation according to the present disclosure . In FIG . 6 there is 
a change to routing logic to perform specific routing to 
certain targets within a group ( e.g. , sales ) . In FIGS . 5-6 , the 
connection and routing component ( s ) act as ACD exten 
sions . In FIG . 6 , the connection and routing component ( s ) 
offer routing on , e.g. , specific branches . In both FIGS . 5-6 , 
the connection and routing component ( s ) take advantage of 
Universal Device support , and maintain the audio interface 
on the legacy phone devices . This offers the option of 
gradually throwing away perfectly good " dumb phones . " 
FIG . 7 shows another alternative first example implemen 
tation according to the present disclosure . In FIG . 7 , all 
routing logic is removed from the ACD and all contact 
center traffic is routed by the connection and routing com 
ponent ( s ) . FIG . 8 shows a second example implementation 
according to the present disclosure . Here , the connection and 
routing component ( s ) sit behind a SIP server . Here , the 
connection and routing component ( s ) may be built into the 
SIP server in order to perform full routing to the enhanced 
legacy agent interface . 
[ 0104 ] As shown in FIG . 9 , the enhancements of the 
present disclosure are a suite of intelligent , Al - infused 
contact center applications built on a modern cloud - native 
communications platform that integrates seamlessly with 
existing legacy ACD systems and accelerates digital trans 
formation . The present disclosure provides contact centers 

with a contemporary solution that instantly enhances agent 
productivity , operational efficiency and agility , and customer 
experience . 
[ 0105 ] The present disclosure enables enterprises to inte 
grate their existing system and enjoy access to a constant 
stream of new features , as well as international expansion . 
Such new features include : 
[ 0106 ] Enjoy AI and advanced cloud capabilities 
[ 0107 ] Gain efficiencies with 40+ CRM and other system 
integrations 
[ 0108 ] Realize benefits quickly and risk - free 
[ 0109 ] The present disclosure will increase operational 
efficiency by equipping agents 120 , supervisors , and cus 
tomers with smart tools to advance customer support and 
make every contact valuable . The present disclosure 
employs efficient tools to leverage and extend existing 
investments . The present disclosure works with an enter 
prise's favorite apps and enables a selection of a preferred 
agent desktop experience . 
[ 0110 ] The present disclosure will empower agents 120 
with mobile access and real - time knowledge to deliver 
consistent customer experience excellence over multiple 
touchpoints . The present disclosure will improve agents ' 
engagement , increase CSAT / NPS , and achieve defined busi 
ness goals , 
[ 0111 ] FIG . 10 shows an exemplary computing environ 
ment in which example embodiments and aspects may be 
implemented . The computing system environment is only 
one example of a suitable computing environment and is not 
intended to suggest any limitation as to the scope of use or 
functionality . 
[ 0112 ] The graphical programming call router of this 
disclosure features a flow - based routing for handling incom 
ing data streams that require action by either a live agent or 
a virtual , computer driven agent . There are several settings 
that are moved from the customer account or customer 
telephone number level to the call flow level , and some of 
these transfers may be automatic when the graphical call 
router has been implemented with intention . 
[ 0113 ] Depending on how each call flow is configured , 
these are some of the settings that may be managed by 
supervisors in a customer organization who need authority 
in the system to make adjustments " on - the - fly ” for real 
world conditions . The graphical programming call router 
described herein is configured to identify an incoming call 
data source and provide the following assignments that may 
be programmed in either a customized or pre - set way : 
[ 0114 ] Ring groups of the number ; 
Maximum number of agents to ring ; 
Maximum waiting time ; 

Interactive Voice Responses ; 

Holiday Hours : 

Business Hours ; 

Greetings ; 
[ 0115 ] Recording enablement ; 
Time zones . 
[ 0116 ] The remainder of this disclosure makes references 
to the figures as noted . The figures illustrate example imple 
mentations that are provided to clarify the nature and the 
environment of the disclosure without limiting the scope of 
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the embodiments in any way . The graphical programming 
call router of this disclosure has many options available via 
a user interface . In one non - limiting embodiment , once a 
“ Create New Flow ” button is pressed an authorized user can 
start defining a new call flow 1100 , 1300 , 1700 , 3600 and 
configuring each component 1105 as shown in FIG . 11 at 
1110 and 1112 in drop down menus . The drop down menus 
allow for a programmer to make selections that can be seen 
directly in a graphical representation as shown in the call 
flow 1100. The graphical representations show the selected 
drop down options 1110 , 1112 in a corresponding call flow 
route 1107 that connects components 1105 in the graphical 
representation . In different embodiments described below , 
both the components 1105 and the routes 1107 are active 
links that can direct a user to more information or display 
information directly on the screen . 
[ 0117 ] Illustrated further in FIG . 12 , each flow 1107 
consists of a number of building blocks , called components 
1200 ( or steps ) , and are started by an interaction trigger 1210 
selected in a drop down menu that is displayed simultane 
ously with the call flow route graph that defines the actions 
that the components will execute . For example , a " Play 
Audio ” component provides the ability to receive an input 
text from a call center agent or operator or from a text 
channel of incoming call data and transform it into voice in 
one of the available languages . 
[ 0118 ] A user can also use a variable in a Play Audio 
component to play a personalized greeting message for a 
caller : e.g. , one can configure the waiting music that a 
customer listens to when they call you , so that the user can 
be consistent in brand management , or take advantage of the 
time customers are waiting to promote goods or services . 
[ 0119 ] In another embodiment , the result of a data dip into 
companion software or database resources may be used to 
route “ VIP ” customers to an assignment component with a 
higher priority . The system of these embodiments is also 
configured to implement a set of actions to be triggered 
during a flow execution according to time rules , or any other 
conditions , to automate communications to be sent to cus 
tomers during or after a call , etc. 
[ 0120 ] In an example embodiment , the graphical program 
ming call router may be configured to manage time con 
suming steps that are necessary in incoming communica 
tions management , such as but not limited to the creation of 
interactive voice response greetings . The following steps are 
illustrative of how the system may be programmed to 
accomplish tasks that formerly required extensive time 
commitments from IT professionals and vendor service 
personnel . FIG . 13 shows a first initial selection of starting 
the instruction development process for a call flow and 
illustrates options to save the work 1310 for later return and 
completion or the option to publish the work 1320 for 
activating as a live route in a call center . 
[ 0121 ] FIG . 14 illustrates example , non - limiting steps in 
creating interactive voice response ( IVR ) greetings as one of 
many components 1400 in a call flow of the figure . Some 
example steps to implement the instruction development of 
FIG . 14 include : 

[ 0122 ] Log in to the system account as an administrator . 
[ 0123 ] Click the Admin section at the top of the page . 
[ 0124 ] Select the Flows tab . 
[ 0125 ] Click the Create New Flow button and type in a 
name and a brief description of a new flow's main 
actions 1200 , so one can easily identify it when assign 

ing phone numbers later on . The example of FIGS . 13 
and 14 is “ Inbound EMEA ” and used “ Inbound support 
flow for EMEA region ” as the description . 

[ 0126 ] Hit Create Flow . 
[ 0127 ] Click the new My new IVR component . 
[ 0128 ] Under the Preferences tab , make sure Text to 

Speech is selected and on the Language of audio output 
drop - down menu select the language to be used for the 
new greeting ( we've selected English , UK for ours ) . 

( 0129 ] Type in the message that the developer / program 
mer wants customers to hear when they reach this IVR 
on the Text to speech box ( e.g. “ Press 1 for sales , 2 for 
support . ” ) at 1435 and 1440 respectively 

[ 0130 ] Press the Save button [ 1310 ] to create a new 
flow . 

In the example of FIG . 14 , the above described drop down 
menu selections have created components 1410 , 1420 , 1430 
to implement flow routes 1435 , 1440 so that when call data 
arrives such as “ hit 1 for sales and 2 for support ” the 
computerized instructions direct the call data to the correct 
department . 
[ 0131 ] 2. Assigning a Call 
When assigning a call , a user can select from different 
parameters to determine the best agent or group to answer 
the call : 

[ 0132 ] “ Agents ” 1110A ( the call can be assigned to one 
or multiple specific agents ) . 

[ 0133 ] “ Ring Groups ” 1110B ( the call can be assigned 
to one or multiple ring groups ) . 

[ 0134 ] “ Variables in the flow context ” 1210 ( the call can 
be assigned to a list of agents defined via an interaction 
context variable * ) . 
* Context collection : The embodiments described herein allow the IVR 
to collect information that will qualify an interaction save the infor 
mation as context for a call . Context can be objectively identifiable 
portions of incoming call data ( telephone numbers , IP addresses , circuit 
identification , call channel , data format ) and can include meta data that 
either the user , a telecom service provider , or a call center adds to the 
call data for more information delivery to either a human or virtual 
agent . 

[ 0135 ] For a simple example shown in FIG . 15 , the figures 
show how to assign the calls that reach a support interactive 
voice response ( IVR ) menu option for a list of ring groups : 

[ 0136 ] Click the Support queue component 1540 and 
select its Preferences tab . 

[ 0137 ] Click the Ring Groups button 1537 . 
[ 0138 ] Make sure the List of Ring Groups in the pro 
gramming account option is selected and click the 
drop - down list 1537 . 

[ 0139 ] Tick the box to select all ring groups , or select 
the individual ring groups to which you want the calls 
to be routed to . 

[ 0140 ] Save the changes . 
As shown in the drop - down schematic of FIG . 15 , in one 
non - limiting embodiment , the user must now select how 
many agents should be rung at a time , define the priority of 
calls to support , define a maximum waiting time , and choose 
the music to play to callers as they wait for a support agent 
to answer the call . 
[ 0141 ] Embodiments of this disclosure allow for interac 
tions to be handled by highest priority level , such as by a rule 
illustrated at block 515 of FIG . 23A . These kinds of rules 
can be generated by drop down menus described above , or 
they may be created on the fly according to the above noted 
context data and meta data for a call . In one non - limiting 
example , if different interactions have the same priority , the 
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one that has been in the queue the longest will be assigned 
first . Agents need to be in the “ available ” status to be able 
to receive interactions . If multiple agents match the condi 
tion , then the “ most idle ” agent ( s ) is / are chosen . Without 
limiting the scope of the embodiments , idle time here is 
defined by the time spent between the last interaction that 
was handled by that agent and the time of the assignment 
request . An agent that has been idle the longest will be 
chosen first . 
[ 0142 ] For now , as shown in the routes of FIG . 16 , one can 
complete support line configuration and the sales line con 
figuration by defining what to do when there was at least one 
successful dial attempt but no agent answered the call , and 
when there was a match but all agents were busy and the 
configured timeout was reached . In this situation , a pro 
grammer can determine pre - defined exits 1608 from certain 
components 1600 

[ 0143 ] Select the Exits tab . 
[ 0144 ] Expand the Send to drop - down menu for the No 
answer section 2030 and select Add new step . 

[ 0145 ] From the Component drop - down menu , select 
Voicemail 1600 . 

[ 0146 ] Type in a name for this exit step : “ Voicemail ” . 
[ 0147 ] Hit Add Step . 
[ 0148 ] Scroll down to the “ Maximum waiting time 

reached ” section 2040 . 
[ 0149 ] Expand the Send to drop - down menu and select 
Voicemail . 

[ 0150 ] Scroll down to the “ No match found ” section . 
[ 0151 ] Expand the Send to drop - down menu and select 
Voicemail . 

[ 0152 ] Save changes . 
[ 0153 ] If a user wants to give callers one or several ways 
out of the waiting queue : 

[ 0154 ] Scroll down to the “ Alternative Exits ” section 
2060 of FIG . 20 . 

[ 0155 ] In “ Keypress Exits ” , select 1 . 
[ 0156 ] We will have option 1 sending the call back to 

the Standard IVR so we'll name our Exit : “ 1 to return 
to Standard IVR . " 

[ 0157 ] Hit Send to and select My new IVR ( the name 
we gave to our Standard IVR component ) . 

[ 0158 ] Save the flow as set forth in FIG . 21 . 
[ 0159 ] The Support queue component is now configured . 
Other kinds of queues , such as a Sales queue component of 
FIG . 22 , one must adjust choices 2250 accordingly . 
[ 0160 ] When all components are configured , a user may 
initiate other features that are equally subject to the graphi 
cal programming choices such as an added Voicemail com 
ponent 1600. In this component the system is configured to 
make users able to assign to specific agents or ring groups 
voicemail messages left by customers . 

[ 0161 ] Hit the Voicemail component and select its Pref 
erences tab . 

[ 0162 ] Click the Ring Groups button . 
[ 0163 ] Make sure the List of Ring Groups in your 

Talkdesk account option is selected and click the drop 
down list . 

[ 0164 ] Tick the box to select all ring groups or select the 
individual ring groups to which the voicemail will be 
assigned to . 

[ 0165 ] Go to the “ Record duration ” section and type in 
the maximum amount of time in seconds that each 
voicemail message will last . 

[ 0166 ] Save changes . 
[ 0167 ] One notable characteristic of this disclosure is the 
ability to program portions of a call center's data operations 
in discrete modules . As shown in FIG . 18 , once a sales queue 
1810 call flow route has been programmed with its respec 
tive component 1815 , a different component can be pro 
grammed for a support queue and its component 1817 . 
These modules may be configured to interact across flow 
routes or have distinct process for handling incoming call 
data as shown in FIGS . 18 and 19. In this way , when a caller 
inputs a selection such as “ l ” or “ 2 ” as a call input 1910 , 
1920 , the components may have respective “ assignment ” 
and “ dial ” protocols as shown . 
[ 0168 ] Embodiments of this disclosure allow for the 
graphical programming call router to refer to outside 
resources according to attributes set up on a computerized 
program according to FIG . 23A and FIG . 23B , including 
other databases , servers , cloud - based data storage and the 
like to retrieve information about incoming data and antici 
pate how to best handle the same . 
[ 0169 ] Using data dips and working with variables is 
shown , for example in FIG . 12 as variable drop down items 
1210. This disclosure refers to a “ data dip ” as a non - limiting 
term by which the systems of this disclosure access infor 
mation across other networks and other storage devices that 
are external to the call center software . 
[ 0170 ] As shown in numerous figures , the drop - down 
menus of this disclosure include protocols for establishing 
variables . Variables are programming values that can change 
according to either conditional statement program flows or 
by access to real time dynamic data stored in external 
sources ( cloud servers , external databases and the like ) . The 
process of programming variables is a powerful tool of this 
disclosure by allowing incoming communication data to be 
processed to collect data points and use them to make 
routing decisions . The data points can include the above 
noted context data and meta data . Some components , such as 
2100 in FIG . 21 , can expose data points that can be used to 
initialize or update certain flow variables 2130. For example , 
an inbound voice component exposes the data points such as 
but not limited to contact details , source and dialed phone 
numbers , and the Standard IVR component collects the keys 
pressed by the caller and populates the " selection ” variable . 
[ 0171 ] Here are some examples for using variables : 

[ 0172 ] Use a variable in a Play Audio component to 
play a personalized greeting message for a caller . For 
example , one can configure the waiting music that a 
customer listens to when they call , so that the caller 
experience can be consistent in brand management or 
take advantage of the time customers are waiting to 
promote goods or services . 

[ 0173 ] Use the result of a data dip in in an external 
resource such as Salesforce to route VIP customers to 
an assignment component with a higher priority . 

[ 0174 ] You can also configure a set of actions to be 
triggered during a flow execution according to time 
rules , or any other conditions , to automate communi 
cations to be sent to customers during or after a call . 

Variables can be initialized from the initial step as shown in 
FIG . 31 or via a data dip in your CRM system . 
[ 0175 ] Organizations that utilize call centers and other 
kinds of complex automated structures often have informa 
tion storage facilities tchat are managed off site or even by 
third party data processing vendors ( e.g. , cloud based data 
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storage offered by vendors such as but not limited to 
SalesForce ) . These organizations may use the embodiments 
herein to manage incoming communications data with the 
embodiments of this disclosure to create a simple flow to ask 
users to enter a case number to route sales - related calls 
directly to their third party vendor , such as a Salesforce case 
owner . The third party vendor may return useful data that 
would not necessarily be readily accessible on site at the 
user's location . This is shown in FIGS . 32 and 34 at 
component blocks 3200 , 3300 , 3400 , 3410 , 3430 . 
[ 0176 ] To use data dips with the graphical programming 
functions described herein , the user would need to add a 
variable to the " source_phone ” data point and follow these 
non - limiting , exemplary steps : 

[ 0177 ] Select the start_step component 1700 , 1800 , 
1900 . 

[ 0178 ] Under the Preferences tab , click on the drop 
down next to " source_phone ” . 

[ 0179 ] Hit Add New Variable . 
[ 0180 ] Type in a name for the variable * ( the example 

here is named “ contact_phone ” ) . 
[ 0181 ] Click on Add variable 2130 . 
[ 0182 ] Click the Sales queue component and select its 

Exits tab . 
[ 0183 ] Expand the Send to drop - down menu for the No 
answer component and select Add new step 

[ 0184 ] Select Input IVR from the Component drop 
down menu . 

[ 0185 ] Certain flow components may be programmed to 
accept individualized identifying information for call data , 
and a component may be programmed for a caller to enter 
such identifying information through voice or typed in data 
as shown in FIG . 22 at 2250. Typed data may be allowed in 
a particular format by programming a certain route 2600 
with a protocol for key inputs , e.g. , timing out if the keying 
party takes too long to complete the input as shown at the 
key input dropdown 2610. The keyed input may be subject 
to text to speech translation at 2700 of FIG . 27 . 

[ 0186 ] Type in a name for this exit step : e.g. , “ Ask for 
case number ” . 

[ 0187 ] Press Add Step . 
[ 0188 ] Scroll down to the “ Maximum waiting time 
reached ” section in the Sales queue component . 

[ 0189 ] Expand the Send to drop - down menu and select 
Ask for case number . 

[ 0190 ] Scroll down to the “ No match found ” section . 
[ 0191 ] Expand the Send to dropdown menu and select 
Voicemail . 

[ 0192 ] Save your changes . 
[ 0193 ] Additional steps may include : 

[ 0194 ] Click the newly created Ask for case number 
component and select its Preferences tab . 

[ 0195 ] Make sure Text to speech is selected and on the 
Language of audio output dropdown menu , select the 
language to be used for the new greeting ( we've 
selected “ English , UK ” for our example ) . 

[ 0196 ] On the Text to speech box , type in the message 
you want your customers to hear when they reach this 
Sales IVR option ( we've used : “ If you know your case 
number please enter it now , then press pound ” ) . 

[ 0197 ] Scroll down to “ Keypress inputs ” and select the 
Maximum number of digits that compose the case 
numbers ( we've used “ 8 ” for our example ) . 

[ 0198 ] Select the Ending keypress users should use after 
typing in the case number ( we'll be using the “ # ” key ) . 

[ 0199 ] Scroll down to " Variables ” . Expand the digits 
drop - down menu and select Add new variable . 

[ 0200 ] Type in a name for the new variable ( we've 
named ours “ case 1 ” ) and hit the Add variable button . 

[ 0201 ] Save changes . 
[ 0202 ] Now select the Exits tab for the Ask for case 
number component . 

[ 0203 ] Expand the Send to drop - down menu for the 
" Ok " section and select Add new step . 

[ 0204 ] Select Salesforce data dip from the Component 
drop - down menu . Type in a name for this exit step : e.g. , 
“ Get case owner ” . 

[ 0205 ] In the “ Timeout ” section , specify how many 
seconds the system will wait for the caller's input 
before directing the call to a different component ( or the 
same if applicable ) . 

[ 0206 ] Save changes . 
[ 0207 ] Click the newly created Get case owner compo 

nent and select its Preferences tab . 
[ 0208 ] In the Query field type in or paste your Sales 

force Object Query Language ( SOQL ) query . You can 
search Salesforce for specific information using SOQL . 
A query to case object must be done with case under 
quotation marks eg .: SELECT ID , Owner.Email , Cre 
atedDate FROM " Case ” Where ... 

[ 0209 ] Hit the Retrieve Data button . 
[ 0210 ] Three variables will be displayed : “ Id ” , “ Owner . 
Email ” , and “ CreatedDate ” . For example , " Owner . 
Email ” is a field in Salesforce that refers to the email of 
the agent who owns the contact , so we will be using it 
to route the call to said agent . Expand the drop - down 
menu for the Owner.Email string . 

[ 0211 ] Select Add new variable and type in a name for 
the new variable ( we've named ours “ case_owner ” ) . * 

[ 0212 ] Hit the Add variable button and Save your 
changes . 

[ 0213 ] Now select the Exits tab . 
[ 0214 ] Expand the Send to drop - down menu for the 

“ Ok ” section and select Add new step . 
[ 0215 ] Select Assignment and Dial from the Compo 

nent drop - down menu . 
[ 0216 ] Type in a name for this exit step : e.g. , “ Route to 

case owner ” . 
[ 0217 ] Hit Add Step . 
[ 0218 ] Fill out the “ No result ” and “ Error ” sections . 

This is particularly useful in case the number that is 
calling your company does not exist in your Salesforce 
account . 

[ 0219 ] Save your changes . 
[ 0220 ] Now select the Exits tab . 
[ 0221 ] Expand the Send to drop - down menu for the 

“ Ok ” section and select Add new step . 
[ 0222 ] Select Assignment and Dial from the Compo 

nent drop - down menu . 
[ 0223 ] Type in a name for this exit step : e.g. , “ Route to 

case owner ” . 
[ 0224 ] Hit Add Step . 
[ 0225 ] Fill out the “ No result ” and “ Error ” sections . 

This is particularly useful in case the number that is 
calling your company does not exist in your Salesforce 
account . 

[ 0226 ] Save your changes . 
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[ 0227 ] In another non - limiting embodiment one may 
select and configure which attributes will be used for match 
ing a call with an agent . 

[ 0228 ] Click the newly created Route to case owner 
component [ 40 ] and select its Preferences tab . 

[ 0229 ] Under “ Select assignment type ” make sure 
Agents is selected . 

[ 0230 ] Click the Variables in the flow context option 
and expand its drop - down list . 

[ 0231 ] Tick the boxes next to the variable ( s ) you want 
to use for matching the call with an agent : in this case , 
the case_owner . 

[ 0232 ] Fill out the remaining sections in the Route to 
case owner component ( the Variables section is the 
only one that is not mandatory ) , including the ones on 
the Exits tab . 

[ 0233 ] Save changes . 
[ 0234 ] Some data points collected in the flow context can 
also be shared with the interaction context and be displayed 
in the agent's call bar . 
[ 0235 ] To enable this , simply follow these three extra 
steps : 

[ 0236 ] Click the “ Manage Context ” option { } on the 
left [ 45 ] . 

[ 0237 ] Tick the boxes next to the string values to be 
displayed on the agent's Callbar [ 46 ] . 

[ 0238 ] Save your changes . 
[ 0239 ] The system is configured for users to enter Prefer 
ences for various features , such as but not limited to assign 
ments for Agents to Ring in response to incoming commu 
nications data . In this component , you can configure the 
maximum number of agents that will be called simultane 
ously . 
[ 0240 ] Status of Agents 

[ 0241 ] Only Available : If all agents are “ Away ” or 
" Offline ” at the moment , the call will immediately go 
through the “ No Match " exit . 

If all agents are “ Busy ” , the system will wait the Maximum 
Waiting Time for any agent to become “ Available " instead 
of going through the “ No Match ” exit . 
If any agent is " Available ” but rejects or doesn't answer the 
call , the call goes through the “ No answer " exit . 

[ 0242 ] Consider Any Status : When there are no “ Avail 
able ” agents , the component will wait the Maximum 
Waiting Time for any agent to become “ Available ” 
( including the ones “ Away ” or “ Offline " ) instead of 
exiting through a “ No Match ” . 

If any agent is “ Available ” but rejects or doesn't answer the 
call , the call goes through the “ No answer " exit . 
[ 0243 ] Assignment Strategy 

[ 0244 ] Number of Agents : Type in the maximum num 
ber of agents that will be called simultaneously . 

[ 0245 ] Exhaust : The system will simultaneously ring 
the number of agents defined in the “ Number of 
Agents ” field . It will only ring that batch of agents 
once . If no agent takes the call , the system will ring a 
different batch of agents ( only once as well ) . It will 
continue to do this until there are no more available 
agents left or when the timeout 2610 has been reached . 

[ 0246 ] Single Attempt : The system will simultaneously 
ring the number of agents defined in the “ Number of 
Agents ” field . It will only ring that batch of agents 

[ 0247 ] Conditional Statement 
[ 0248 ] With the Conditional Statement component a user 
can direct a call to one of several exits . Each exit has its own 
condition ( s ) . The exits are evaluated in order so the call is 
directed to the first one whose conditions are met . If no 
condition is met , the “ No Match " exit is taken . 
[ 0249 ] Input IVR 
The Input IVR component allows a caller to input data via 
the dial pad . This can be useful if new data is needed to make 
better routing decisions or to provide a better service . 
[ 0250 ] Text to Speech 2700 
[ 0251 ] This component allows a user to type in a message 
that will be converted to audio and played to your customers . 
It is available in seven languages at least : 

[ 0252 ] English ( UK or United States ) 
[ 0253 ] German ( Germany ) 
[ 0254 ] Spanish ( Spain ) 
[ 0255 ] French ( France ) 
[ 0256 ] Italian ( Italy ) 
[ 0257 ] Portuguese ( Portugal or Brazil ) 
[ 0258 ] Russian ( Russia ) 

[ 0259 ] Time - based rules 2800 
Define the time - based rules 2820 to allow routing according 
to time ranges or to any day ( s ) of the week . 
[ 0260 ] Traffic Splitter 2900 
This component enables a user to split incoming calls into 
routes of your choice by weight ratios 2920 . 
[ 0261 ] Assigning a Call to the Case Owner 
The graphically programmed call router makes it easy for a 
user to collect data from third party vendors , cloud based 
resources , on site and off site servers , and other information 
repositories and use retrieved data to assign a call to an 
appropriate agent . A simple way to do this is by first 
requesting the caller to input their Case ID on the dial pad . 
Then , through a Data Dip in into a third party vendor's data 
resources via a network , ( e.g. , Salesforce ) the user will find 
out which agent owns the case . Lastly , the agent will use the 
Assignment and Dial ( A & D ) component to assign the call to 
that agent . 
[ 0262 ] Please follow these instructions to learn in detail 
how to assign a call using a data dip for a call flow such as 
the flow 3000 : 

[ 0263 ] 1. Add the Standard IVR component to your 
flow . 

[ 0264 ] 2. Open the Standard IVR component , and on 
the Preferences tab , choose Text to speech as the 
message type . 

[ 0265 ] 3. Select the language you will write your mes 
sage in . 

[ 0266 ] 4. In the “ Text to speech ” field 3010 , type in the 
message that will be played when the flow reaches the 
Standard IVR component . 
[ 0267 ] Example : “ Welcome . Please press 1 if you 
have a case number . Press 2 if you don't have a case 
number . ” 

[ 0268 ] Assigning a Call to the Same Agent 3300 
[ 0269 ] If a user has a third party vendor information 
resources , such as but not limited to Salesforce integrated 
with a graphically programmed call router of this disclosure , 
a user can easily assign an incoming call to an agent who has 
previously dealt with the same caller . One of the simplest 
ways to do this is by matching the phone number the caller 
is using with the phone number associated with a case in 
database resources . The caller will then be connected to the once . 
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agent who owns the case . If there isn't a match , the call can 
be directed to a general support line , for example . 
[ 0270 ] Please follow these instructions to route a call to 
the owner of a case in Salesforce based on the phone number 
of a caller : 

[ 0271 ] 1. Open the Inbound Voice component and select 
the Preferences tab . The Preferences table may be 
pre - programmed to accept the kind of data entry at 
hand or may also be used to initialize other variables 
such as calendar and time of day answering rules as 
shown in the Preferences screen 2400 of FIG . 24 . 

[ 0272 ] 2. Click on the drop - down next to “ source_ 
phone ” and then on Add new variable . 

[ 0273 ] 3. Give a name to the variable . It will store the 
phone number that called your contact center . We've 
named it “ contact_phone ” . 

[ 0274 ] 4. Select the Exits tab and add the Salesforce 
data dip component . 

[ 0275 ] 5. Open the Salesforce data dip component and 
paste the following query : 

[ 0276 ] 6. Click on Retrieve Data . 
[ 0277 ] 7. Click on the Owner_Email drop - down and 
add a new variable with the name " case_number ” . This 
variable will store data if there is a match between the 
phone number used to call the contact center and the 
phone number associated with a case in Salesforce . 

[ 0278 ] 8. Open the Exits tab and add the Conditional 
Statement component under the “ OK ” section . 

[ 0279 ] 9. Under “ No Result ” and “ Error ” add the 
Assignment and Dial ( A & D ) component and name it 
“ Route to General ” . 

[ 0280 ] 10. Open the Conditional Statement component , 
and select the Exits tab . 

[ 0281 ] 11. Use the drop - downs in the first “ Exit ” to 
create the following condition : 

[ 0282 ] 12. Under “ Send to ” add a new Assignment and 
Dial ( A & D ) component and name it “ Route to Owner ” . 

[ 0283 ] 13. Under “ No Match ” , direct the call to “ Route 
to General ” ( A & D component ) . 

[ 0284 ] 14. Open the A & D component named “ Route to 
Owner " . 

[ 0285 ] 15. Select Agents as the assignment type . 
[ 0286 ] 16. Under “ Select how to find agents ” , choose 

Variables in the flow context and select case_owner 
from the list . 

[ 0287 ] 17. Complete the configuration of this and the 
remaining components . 

[ 0288 ] 18. Save your flow . 
[ 0289 ] 19. From now on , if the phone number calling 
your contact center exists in a Salesforce case , the call 
will be routed to the agent who owns the case . If it 
doesn't exist , the call will be directed to a general 
support line . 

[ 0290 ] Chained Routing 
With the graphically programmed call router of this disclo 
sure , assigning incoming calls to agents / ring groups is as 
easy as adding and configuring the Assignment and Dial 
( A & D ) component . If a call isn't answered , a user can direct 
it to different agents / ring groups by adding another A & D 

component . For example , if a tier - 1 support team is unable 
to answer a call , a user can direct it to a tier - 2 support team . 
Please follow these instructions to create two or more layers 
of call assignment : 

[ 0291 ] 1. Add the Assignment and Dial ( A & D ) compo 
nent to your flow and name it “ Support Queue 1 ” . 

[ 0292 ] 2. Open the A & D component , and select the 
Preferences tab . 

[ 0293 ] 3. Choose Ring Groups as the assignment type 
and select the appropriate ring group from the drop 
down . In our example , we've chosen our “ Tier 1 
Support ” ring group . 

[ 0294 ] 4. Fill out the remaining fields of the Preferences 
tab . 

[ 0295 ] 5. Select the Exits tab . 
[ 0296 ] 6. Add a new A & D component under the “ No 

answer ” , “ Maximum waiting time reached ” , and “ No 
match found ” sections . Every time the “ Tier 1 Support ” 
ring group is unable to answer a call , it will be directed 
to this new component . 

[ 0297 ] 7. Name the component “ Support Queue 2 ” 
3500 . 

[ 0298 ] 8. Open “ Support Queue 2 ” , and select the 
Preferences tab . 

[ 0299 ] 9. Choose Ring Groups as the assignment type 
and select your corresponding “ Tier 2 Support " ring 
group . 

[ 0300 ] 10. Fill out the remaining fields of the Prefer 
ences tab . 

[ 0301 ] 11. Select the Exits tab . 
[ 0302 ] 12. Add the appropriate components in case your 

“ Tier 2 Support ” is unable to answer the call . In our 
example , we will route the call to the Play Audio 
component in all three sections . This way we apologize 
to the caller for not being able to answer the call and tell 
them they can leave a voicemail . 

[ 0303 ] 13. Open the Play Audio component and type or 
paste your message . Example : “ All of our agents are 
currently assisting other callers . Please call again later 
or leave a message after the beep . " 

[ 0304 ] 14. Select the Exits tab and add the Voicemail 
component . 

[ 0305 ] 15. Complete the configuration of the Voicemail 
component or any other incomplete component you 
may have . 

[ 0306 ] 16. Save your flow . 
From now on , if a “ Tier 1 Support ” ring group does not 
answer a call , it will be routed to the “ Tier 2 Support ” ring 
group . And if they are unable to answer the call as well , it 
will be directed to Voicemail . 
[ 0307 ] Prioritizing Low CSATS 
If an organization uses Salesforce and wants to prioritize 
incoming calls according to the Customer Satisfaction Score 
( CSAT ) 3700 of a caller in Talkdesk , a programmer can do 
that through the use of Variables . For example , if a customer 
has a CSAT lower than 5 , you can prioritize their call and / or 
assign it to more experienced agents . 
Please follow these instructions to prioritize calls according 
to the CSAT of a caller : 

[ 0308 ] 1. Open the Inbound Voice component and select 
the Preferences tab . 

[ 0309 ] 2. Click on the drop - down next to " source_ 
phone ” and then on Add new variable . 

[ 0310 ] 3. Give a name to the variable . It will store the 
phone number that called your contact center . It will be 
used to check if in Salesforce the number is associated 
with a specific CSAT . 
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that 

[ 0311 ] 4. Select the Exits tab and add the Salesforce 
data dip component . 

[ 0312 ] 5. Open the Salesforce data dip component and 
paste the following query : 

[ 0313 ] 6. Click on Retrieve Data . 
[ 0314 ] 7. Click on the CSAT_SCORE_c drop - down , 
and add a new variable with the name " csat_score ” . 
This variable will store data if there is a match between 
the CSAT and the phone number . 

[ 0315 ] 8. Open the Exits tab and add the same Condi 
tional Statement component to all three Exits . 

[ 0316 ] 9. Open the Conditional Statement component , 
and select the Exits tab . 

[ 0317 ] 10. Use the drop - downs in the first “ Exit ” to 
create the following condition : 

[ 0318 ] 11. Name the Exit “ High Priority ” and under 
“ Send to ” add an Assignment and Dial ( A & D ) com 
ponent . We've named it “ Premium Line ” 3800 because 
we want to prioritize calls from customers with low 
CSATS . 

[ 0319 ] 12. Under “ No Match ” , add a new A & D com 
ponent . We've named it “ Regular Line ” 3810 . 

[ 0320 ] 13. Open “ Premium Line ” ( A & D component ) 
and select the Preferences tab . 

[ 0321 ] 14. Scroll down to the “ Priority ” section , and 
choose " List of Priorities ” . 

[ 0322 ] 15. Since we want to prioritize these calls , select 
" 1 " for top priority . 

[ 0323 ] 16. Fill out all the remaining fields in both tabs . 
[ 0324 ] 17. Open “ Regular Line ” , scroll down to the 

“ Priority ” section , and choose " List of Priorities ” . 
[ 0325 ] 18. In the “ Priority ” section , select any number 

except 1 so that this A & D does not have the same 
priority has the A & D for callers with a low CSAT . 

[ 0326 ] 19. Fill out all the remaining fields in both tabs 
and remember to save your flow when you are finished . 

From now on , if calls coming through the two A & D com 
ponents you configured end up in the same queue ( directed 
to the same agents or ring groups ) , the “ Premium Line ” calls 
will be handled first . 
[ 0327 ] FIGS . 39-40 illustrate Routing with the EWT Com 
ponent 
[ 0328 ] The graphically programmed call router enables a 
user to route a call based on the calculation of the Estimated 
Waiting Time ( EWT ) component . This is particularly useful 
if callers have to wait a long time before being connected to 
an agent of a particular ring group . For instance , if the EWT 
is more than 15 minutes , a user can send callers directly to 
Voicemail or to Callback . Please follow these instructions to 
use the EWT component to route a call : 

[ 0329 ] 1. Add the EWT component to your flow . 
[ 0330 ] 2. Open the EWT component , and select the 

Preferences tab . 
[ 0331 ] 3. Select the ring group for which the estimate 

will be given . 
[ 0332 ] 4. Add and name the variable that will store the 

calculated EWT . We've named ours “ ewt_1 ” . 
[ 0333 ] 5. Select the Exits tab . 
[ 0334 ] 6. Click on the drop - down under “ Successful 

exit and select Add new step . 
[ 0335 ] 7. Select the Conditional Statement component 
and give it a name . 

[ 0336 ] 8. Under “ Indeterminate exit ” , choose where to 
direct the call in cases where the EWT cannot be 
calculated . We've selected the Assignment and Dial 
( A & D ) component . 

[ 0337 ] 9. Open the Conditional Statement component , 
and select the Exits tab . 

[ 0338 ] 10. Under “ Custom Exits ” , select " ewt_l ” in the 
first drop - down , next select “ Greater or Equal to ” , and 
in the last drop - down click on Add custom value and 
insert the time in seconds . We've inserted “ 900 ” sec 
onds ( equal to 15 minutes ) . 

[ 0339 ] 11. Name the Exit . 
[ 0340 ] 12. Click on Send to and choose where to direct 

the call if the EWT is 900 seconds or more . We've 
selected the Callback component . 

[ 0341 ] 13. Under “ No Match ” , select where to direct the 
call in cases where the calculated EWT is not covered 
by the condition ( s ) you have set . In our example , this 
exit will be taken if the EWT is less than 15 minutes , 
so we are routing the call directly to the “ Support 
queue " ( A & D ) . 

[ 0342 ] 14. Lastly , complete the configuration of the 
Callback and A & D components that you have created . 
[ 0343 ] In the A & D case , you must use the same ring 
group you used in the EWT component ( step 3 ) , 
otherwise , the EWT could be significantly different 
from the time the caller will effectively wait to be 
connected to an agent . 

[ 0344 ] Updates to the graphical programming also include 
extensive reporting features as shown in FIG . 45 , allowing 
for users and programmers to save reports 4500 and share 
with other users immediately by email or saving to a 
common server location . The reports include numerous 
analytics 4600 . 
[ 0345 ] The visual programming for call routing is ame 
nable to numerous kinds of access across all computer types 
as shown in FIGS . 47 and 48 . 
[ 0346 ] The visual call routing mapping of this disclosure 
includes programming routes with drop down selections for 
flow component ration with route link identifiers visible 
thereon . 
[ 0347 ] In other embodiments , Pan and Zoom features are 
available to analyze a visible call flow route with point and 
click operation to check an individual component . 
[ 0348 ] This disclosure enables all kinds of web based call 
management in which the flow - based routing operational 
layer is independent of other telecommunications channels 
and IP addresses connected to the system . Instead of routing 
calls into a browser , certain embodiments keep the call bar 
active across all channels of incoming calls . The call bar 
therefore is active on an individual agent's hard drive or 
designated section of a cloud server , and the call bar can 
remain in place no matter what other tabs have numerous 
telecommunications activities thereon . In other words , this 
disclosure encompasses the ability to leave a call bar in place 
on an agent's screen regardless of other website operations 
on different channels . 
[ 0349 ] Context data of incoming calls may be pro 
grammed in multiple components with data dips to outside 
information databases , and context is accessible via the call 
bar which can remain present on agent's screen regardless of 
other web operations in place on that screen . Multiple device 
modes still accommodate visible call bar at all times , and the 
context can include any object information about the caller , 
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including name , geographic location , telephone number , 
mapping functions and the like . 
[ 0350 ] The embodiments herein are described as manag 
ing context collection with variable definitions in call flow 
components . Intelligent routing of calls to particular agents 
or groups of agents may be accomplished by data dips based 
on content of flow component data and variable completion . 
Right now , each variable component is allowed only one 
data dip , but the variable can collect multiple fields from that 
record . The system currently requires different data dip for 
each record searched in an out - of - system database , but there 
will be developments in that regard . 
[ 0351 ] The drop down menus are tied directly to the 
visibly present routes between routing components , and 
pre - programmed call assignment strategies can be viewed in 
each component . The pre - programmed call assignment strat 
egies may make use of conditional statements in flow 
components to define which exit and the next step in a route . 
[ 0352 ] The embodiments herein take advantage of traffic 
splitting to preferred ba nce of calls cted to different 
centers . Traffic splitting based on geographic location of call 
origin , based on call header data or area code can be 
combined with or vary the above noted weight ratios that 
determine which calls go to certain agents or groups of 
agents . Traffic splitting with weighting allows an adminis 
trator to study the reports of FIG . 45 to gauge most efficient 
call flow routes . For example , tracking a case history for an 
incoming call by telephone number or other identifying 
telecommunication data can server as a data point to address 
how to handle a certain call . Call prioritization with data 
dips and alert functions can also be available for agents to 
identify VIP calls . Call prioritization with in - house CSAT 
scores entered by agents also allows they system to make 
intelligent routing choices . 
[ 0353 ] The system described herein is further character 
ized in part by the use of flow variables that can be defined 
within components to allow incoming caller to enter infor 
mation across multiple channels— “ omni channel data col 
lection . ” This kind of multi - channel call flow routing and 
tracking allows for additional options such as intelligent 
reconnect for a dropped call so that customer who calls right 
back gets the same agent . 
[ 0354 ] In one commercial embodiment of the system , 
tentatively known by example as a data explorer reporting 
system , can provide administrative reports across multiple 
channels of information collection . The report and data 
explorer is a customizable landing page for each user to see 
reporting functions of interest . This data explorer may 
include enhanced filtering capabilities for more granular 
data on each call . For example , there may be enhanced 
visual identification of efficiency and routing performance 
with multiple data types displayed directly on the screen of 
the visual programming call flow routes . The data explorer 
provides click and email report templates to users with 

[ 0356 ] The system may also be programmed to take 
advantage of data collection after a call has been completed , 
such as by compiling net promoter scores that allow callers 
to grade the agents and the customer experience on factors 
that set forth the call experience . This kind of net promoter 
scores for the call experiences may be gathered by channels 
other than the original channel a customer used to contact a 
data center . This kind of cross - channel data collection allows 
for more intensive studies of caller sentiment over the course 
of a call . The net promoter score can be based on objective 
data collected during a call , such as wait time , hold time and 
perceived sentiment from artificial intelligence that listen to 
an ongoing call . Accordingly , artificially intelligent bot 
operations may listen in on a call and develop a sentiment 
journey score by the words used and the volume or tone of 
a caller's input . Tracking a sentiment across a call can also 
give insight into areas in which agents were weak in 
maintaining a positive user experience . 
[ 0357 ] A user's experience may be polled after a call or 
even during a call either on the same channel as originally 
used or via a simultaneously accessed parallel channel . For 
example , a caller may use voice data to enter a call center 
over a telecommunications data line , but while the call is 
proceeding , a user may be willing to also communicate via 
other channels such as simultaneous chatting or texting to 
give feedback on the sentiment journey for a particular call . 
A system according to this disclosure may ask a customer , 
during a call experience , or after the call is complete , to 
provide weights to which parts of the call are or were the 
most important and to rate the agent on those weighted 
criteria . The customer journey score and sentiment journey 
score can be weighted according to linear and nonlinear 
weighting functions across multiple criteria . This kind of 
weighting can give appropriate consideration to objective 
features of a call ( time of day , length , wait times , and topic 
categories ) but also correlate these weights to sales and 
success for better reporting . 
[ 0358 ] Certain comprehensive software techniques are 
implemented to make the system more efficient behind the 

For example , improved performance in voice to text 
and text to voice can be implemented by enhanced use of 
punctuation ( i.e. , a comma after text conversion allows for 
slight pause in spoken version of numbers entered ) . 
Enhanced flow configuration can be available by making the 
exit name of a component consumable by another flow 
component as a variable function . Enhanced visual repre 
sentation of flow links and routes may be implemented in 
ways such as showing telephone number on top level 
graphic for the destination phone number . Enhanced cus 
tomer experience by seamless hold music over transfers ( the 
music or advertisement loop starts where last left off if call 
is transferred to another hold situation . ) . The call flow 
features of this disclosure are also adaptable for routing all 
kinds of omni - channel data from all channels ( voice , text , 
keyboard , audio , video , etc. ) and the system will adapt all of 
the visual flow routing features to omni - channel data , even 
for “ social media listening . ” The omni - channel options may 
even allow for switching of channels within a single call for 
the best customer experience . 
[ 0359 ] The software embodiments described herein are 
appropriate for providing in functional sets that may be 
mixed and matched for the nature and complexity of the call 
center at hand . In fact , for very simple installations , the 
basics of the call center may be provided in a transportable 

scenes . 

access . 

[ 0355 ] The data gathering and reporting system enables 
certain features such as an agent scoring module that is 
automatically scoring agents based on objective data gath 
ered by the system , such as wait times , successful call 
completions , number of rings to answer , and the like . The 
agent score allows for ranking of agents according to context 
data stored for calls so that matching context to the best 
agents is possible . 
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and downloadable call center phone application that can be 
resident on a mobile device like any other “ app . ” The user 
merely browses , clicks , installs , and uses . This app could be 
integrated with other software packages on each mobile 
device in an network at the option of the user . 
[ 0360 ) Other installations may choose more of the blocks 
of software but not the “ whole package ” that may be 
available in a cloud based call center operation . Subsets of 
the functions available in this disclosure may be available in 
a web based environment because all of the functions 
described herein are separable so that they can be mixed and 
matched as necessary . In fact , a basic web based call center 
may be available for set up in five minutes or less because 
a user can select the modular functions shown in this 
disclosure as having independently available drop down 
sets , pick the number of phones or channels that should 
answer incoming data connections , and then simply select 
plug ins that will work on a browser and are available from 
a cloud based storage server . 
[ 0361 ] The disclosure of these embodiments can be 
described as an intelligent call flow routing manager . In an 
intelligent call routing environment , the system can show an 
administrator ( whether human or computerized artificial 
intelligence ) and determine the usage rate of certain flow 
routes to and from various components . Alerts can be set up 
so that if certain criteria exceed a threshold , then a re - routing 
operation goes into effect , such as a re - routing by a back up 
flow route that has been previously planned . The back up 
flow route can also be triggered to operate simultaneously 
with the main flow package during peak times . In this way , 
over time , the system can learn where likely choke points are 
in a flow route . By coordinating flow weights along a route , 
volume across a route , choke points , and the like along with 
customer sentiment along a sentiment journey score , the 
most effective call routing can be implemented . 
[ 0362 ] This disclosure has one non - limiting goal of build 
ing effective networks of call flow routes , data networks , and 
human agent interaction with customers , along with artifi 
cially intelligent assistants that also interact with the cus 
tomers . The system may be either language based so that 
certain language inputs lead to actions and flows , or the 
system may be language agnostic in that a language pro 
cessor can translate options and inputs from one language to 
another . A poly - linguistic portion of a flow may translate the 
incoming data to its most efficiently used form — foreign and 
domestic spoken languages for flows to humans and digital 
numeric languages for flows to other computers . In this way , 
incoming and outgoing data flows in a customer call center 
may be equally conversant with human agents , chat bots , 
IVRs , CRM data dips , and the like . 

1. A method for operation of a graphically interactive 
voice response ( IVR ) system for processing omni - channel 
customer communications , the method comprising : 

presenting , on a computerized display for call routing , a 
graphical representation that allows a user to see an 
omni - channel call flow route and a series of drop - down 
menus indicating options for transmitting incoming call 
data within an organization , said options including 
switching the call from a first channel to a second 
channel within the omni - channel call flow route ; and 

adding , to the computerized display , a graphical indica 
tion of an option selected by the user from the series of 
drop down menus and representing on the graphical 
representation a change to the omni - channel call flow 

route based on the options from the series of drop - down 
menus selected by the user . 

2. The method of claim 1 wherein switching the call from 
the first channel to the second channel further includes 
discontinuing the first channel . 

3. The method of claim 1 wherein switching the call from 
the first channel to the second channel further includes 
maintaining the first channel as a secondary channel for the 
call , wherein the first channel was a primary channel prior 
for the call prior to the switching , and wherein the second 
channel becomes the primary channel subsequent to the 
switching . 

4. The method of claim 3 wherein the options further 
include switching the call back from the second channel to 
the first channel within the omni - channel call flow route . 

5. The method of claim 1 wherein the options include an 
option for social media listening . 

6. The method of claim 1 wherein the options include an 
option for intelligent reconnect of a dropped call . 

7. The method of claim 6 wherein the options include an 
option for reconnecting a customer to a same agent when the 
customer calls again after an earlier call with the same agent 
is disconnected . 

8. A graphically interactive voice response ( IVR ) system 
for processing customer communications , said system com 
prising a memory , a call management subsystem , and a 
processor for : 

presenting , on a computerized display for call routing , a 
graphical representation that allows a user to see an 
omni - channel call flow route and a series of drop - down 
menus indicating options for transmitting incoming call 
data within an organization , said options including 
switching the call from a first channel to a second 
channel within the omni - channel call flow route ; and 

adding , to the computerized display , a graphical indica 
tion of an option selected by the user from the series of 
drop down menus and representing on the graphical 
representation a change to the omni - channel call flow 
route based on the options from the series of drop - down 
menus selected by the user . 

9. The system of claim 8 wherein switching the call from 
the first channel to the second channel further includes 
discontinuing the first channel . 

10. The system of claim 8 wherein switching the call from 
the first channel to the second channel further includes 
maintaining the first channel as a secondary channel for the 
call , wherein the first channel was a primary channel prior 
for the call prior to the switching , and wherein the second 
channel becomes the primary channel subsequent to the 
switching 

11. The system of claim 10 wherein the options further 
include switching the call back from the second channel to 
the first channel within the omni - channel call flow route . 

12. The system of claim 8 wherein the options include an 
option for social media listening . 

13. The system of claim 8 wherein the options include an 
option for intelligent reconnect of a dropped call . 

14. The system of claim 13 wherein the options include an 
option for reconnecting a customer to a same agent when the 
customer calls again after an earlier call with the same agent 
is disconnected . 

15. A non - transitory computer - readable medium compris 
ing computer - readable instructions that , when executed by a 
processor , cause the processor to : 
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present , on a computerized display for call routing , a 
graphical representation that allows a user to see an 
omni - channel call flow route and a series of drop - down 
menus indicating options for transmitting incoming call 
data within an organization , said options including 
switching the call from a first channel to a second 
channel within the omni - channel call flow route ; and 

add , to the computerized display , a graphical indication of 
an option selected by the user from the series of drop 
down menus and representing on the graphical repre 
sentation a change to the omni - channel call flow route 
based on the options from the series of drop - down 
menus selected by the user . 

16. The computer - readable medium of claim 15 further 
comprising instructions whereby switching the call from the 
first channel to the second channel further includes discon 
tinuing the first channel . 

17. The computer - readable medium of claim 15 further 
comprising instructions whereby switching the call from the 

first channel to the second channel further includes main 
taining the first channel as a secondary channel for the call , 
wherein the first channel was a primary channel prior for the 
call prior to the switching , and whereby the second channel 
becomes the primary channel subsequent to the switching . 

18. The computer - readable medium of claim 17 further 
comprising instructions whereby the options further include 
switching the call back from the second channel to the first 
channel within the omni - channel call flow route . 

19. The computer - readable medium of claim 15 further 
comprising instructions whereby the options include an 
option for social media listening and an option for intelligent 
reconnect of a dropped call . 

20. The computer - readable medium of claim 15 further 
comprising instructions whereby the options include an 
option for reconnecting a customer to a same agent when the 
customer calls again after an earlier call with the same agent 
is disconnected . 


