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(57) ABSTRACT 

The present invention is directed to a method for propagat 
ing contextual data in an audio communication by storing 
the contextual data obtained from a calling party in an 
extensible mark-up language formatted text document. A 
telephone call between a ?rst party and a second party is 
converted to a session initiation protocol based voice over 
internet protocol communication, and the stored text docu 
ment is attached to session initiation protocol messages that 
control the voice over internet protocol communication. The 
document is attached to the signaling messages by embed 
ding the text document in a session description payload 
associated With the session initiation protocol message. The 
attached document is propagated With the audio communi 
cation, including When the signaling messages are used to 
transfer the audio communication from the second party to 
a third party or to add one or more addition parties to the 
audio communication. 
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METHOD AND APPARATUS FOR PROVIDING 
CONTEXTUAL INFORMATION WITH 

TELEPHONE CALLS 

FIELD OF THE INVENTION 

[0001] The present invention is directed to the ?eld of 
computer networks. More speci?cally, the present invention 
is directed to computer telephony, in particular Voice-over 
Internet-Protocol. 

BACKGROUND OF THE INVENTION 

[0002] Various businesses handle a large volume of phone 
calls from clients or customers. To facilitate the processing 
of this large volume of phone calls, many businesses utiliZe 
technologies such as call centers. In general, each call center 
contains the equipment and personnel necessary to manage 
and to process a large volume of inbound or outbound calls. 
Inbound call centers receive calls, for example via toll-free 
numbers, from customers looking to obtain information 
about the goods or services that a company sells, to purchase 
those goods or services and to obtain assistance. Therefore, 
the inbound call centers provide support for incoming sales 
and for customer service requests. Outbound call centers 
typically contain a large number of salespeople making calls 
in an attempt to sell products or services. The same arrange 
ment of equipment in a given call center can be used as 
either an inbound call center or an outbound call center. 

[0003] Inbound call centers typically contain an automatic 
call distributor (ACD) to handle and route incoming calls. 
For example, the ACD connects calls to a sales representa 
tive, a customer service representative or a help desk opera 
tor among others. The ACD also facilitates automated rout 
ing of incoming calls to prompt the caller to select one or 
more menu choices and to place calls that cannot be 
ansWered immediately into a hold queue until the appropri 
ate next agent becomes available. The hold queue provides 
the caller With music, advertising or periodic barge-in mes 
sages updating the caller on the current queue status. 
Reponses to the menu choices facilitate routing of the call 
through the call center in the most appropriate Way. 

[0004] When an operator or representative becomes avail 
able, the incoming call is ansWered, and the representative 
agent assesses the caller’s immediate needs and records 
relevant information about the caller in a computer acces 
sible database. This relevant information includes caller 
identifying information such as account numbers. Once 
stored in the computer accessible database, the information 
can be accessed by any operator or representative Within the 
company that has a computer and access to the database. 
Therefore, this information can be provided to operators the 
next time the user calls or can be accessed by operators or 
agents to Whom the call is forWarded. 

[0005] The saved information is typically made available 
to operators or customer service representatives on the 
screens of computers located in the call centers through a 
mechanism knoWn as “screen pops”. In general, a database 
entry is created for storing the information about each client, 
and this database entry can be amended. For neW incoming 
telephone calls, the identi?cation of the caller, for example 
the telephone number associated With the caller, is deter 
mined, and this identi?cation is used to populate a repre 
sentative’s computer screen With data that is already knoWn 

Jul. 13, 2006 

about the customer. For calls that are transferred or for 
Warded Within a given call center, successive operators can 
access some or all of the stored information by querying the 
database. HoWever, each operator must have access to the 
database, and difficulties With database performance, avail 
ability, synchroniZation schemes and access controls affect 
operator access to the necessary information. In addition, 
When a call is transferred betWeen administrative domains, 
eg from an initial call center to a distant call center, the 
problems associated With database access are exacerbated. 

[0006] Current systems do not address situations Where 
the caller dynamically provides data, for example details of 
a current problem, or current information to an operator. The 
screen pop systems only provide information that has been 
previously acquired and stored in the database. Current 
telephone communication systems do not provide session 
speci?c contextual information across termination points of 
a telephone call, in particular When those termination points 
span administrative or application domains. For example, 
When a telephone call is transferred from a ?rst call center 
to a second call center, the contextual information is lost. 
Lost contextual information has to be re-entered or repeated 
by the caller. Repetitive entry of information is onerous to 
the customer. 

[0007] Therefore, a need exists for propagating current 
and updated session-speci?c contextual information among 
various operators or representatives in one or more call 
centers, eliminating the need for repeated entry by a caller 
of the same information. The contextual information Would 
be provided Without having to access a central database and 
Would be provided concurrent With the transfer of the actual 
telephone call. 

SUMMARY OF THE INVENTION 

[0008] The present invention is directed to methods and 
systems that permit a caller or any participant in an audio 
communication session to provide dynamic, contextual 
information only once for a given call or session. In accor 
dance With the present invention, caller-speci?c contextual 
information is associated With the caller and the telephone 
call or audio communication session for the duration of the 
call session. The state information obtained from the caller 
at or near the initiation of the call is propagated to each 
termination point to Which the call is forWarded. These 
termination points include customer premises equipment 
associated With operators located Within a single call center 
or disposed among a plurality of distinct call centers. The 
termination points also include equipment associated With a 
third party located outside of the call centers. 

[0009] A call is initiated by a caller and is terminated at an 
initial agent or representative, for example an operator 
Within a call center or at an automatic call distributor (ACD). 
The call is converted to a session initiation protocol (SIP) 
based voice over internet protocol (VoIP) call, and the initial 
operator or ACD obtains contextual data or information 
from the caller. The information received is converted to an 
extensible markup language (XML) document and attached 
to the SIP messages that are controlling the call. As the 
messages controlling the call are forWarded, so is the asso 
ciated contextual information. 

[0010] Therefore, the present invention ties the contextual 
data to the call itself, alloWing the call-speci?c contextual 



US 2006/0153357 A1 

data to be transferred to any domain, including different 
domains running different applications from the original 
termination point domain Without requiring access to a 
corporate database. Methods and systems in accordance 
With the present invention alloW on-demand call transfer for 
customer relationship management (CRM) or other pur 
poses, With appropriate contextual or other information 
coupled With the call to facilitate a near seamless customer 
experience. The present invention also enables loose inte 
gration of call centers via a decreased requirement for 
integration of applications and middleWare. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0011] FIG. 1 is a schematic representation of an embodi 
ment of a system for use With the present invention; 

[0012] FIG. 2 is a How chart illustrating an embodiment 
of a method for propagating contextual data in an audio 
communication in accordance With the present invention; 

[0013] FIG. 3 is a schematic representation of an initiation 
of a voice over internet communication session for use in the 

present invention; and 

[0014] FIG. 4 is a schematic representation of the transfer 
of a voice over internet communication session for use in the 
present invention. 

DETAILED DESCRIPTION 

[0015] Referring initially to FIG. 1, a system 10 for use in 
accordance With the present invention is illustrated. As 
illustrated, the system includes one or more callers 12 or 
customers and a company or call center 14. The callers 12 
contact the call center through the public sWitched telephone 
netWork 16 using, for example, conventional Wireline 
phones 18 or cellular phones 20 as the customer premises 
equipment (CPE). The callers 12 can also contact the call 
center 14 through the internet 22 using voice over internet 
protocol (VoIP) enabled phones 24 or multimedia computer 
systems 26 as the CPE. The system 10 also includes an 
internet protocol (IP) PSTN gateWay 28 as an interface 
betWeen the PSTN 16 and the internet 22. 

[0016] The call center 14 includes a plurality of agents, 
operators or customer service representatives 30. Each cus 
tomer service representative 30 is provided With equipment 
to handle both the audio portion of an audio communication 
session or telephone call and the inputting and display of 
data related to the audio communication. As illustrated, each 
agent 30 includes a telephone 32 and a computer 34. 
Although illustrated as separate equipment, the functions of 
the telephone 32 and computer 34 can be combined into a 
single piece of equipment. The agents 30 Within the call 
center 14 can be located at a single geographical location or 
can be located at tWo or more distinct physical locations. The 
location and arrangement of the agents 30 is transparent to 
the callers 12. 

[0017] The call center 14 also includes an automatic call 
distributor (ACD) 36 to handle and route the incoming calls 
through the call center 14. In one embodiment, the call 
center 14 also includes a private branch exchange (PBX) 38 
through Which the ACD 36 lines can be routed to provide 
general carrier interface support for the call center 14. 
Although illustrated a tWo distinct pieces of equipment, a 
combined ACD/PBX can also be used. Interface With the 
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internet is provided through a Web server 40, and one or 
more databases 42 are provided to store information needed 
by the agents including, but not limited to, technical support 
information, customer information, parts list and price lists. 
The database 42 can also include the computer executable 
code for running methods in accordance With the present 
invention. All of the agents 30, the ACD 36, the PBX 38, the 
Web server 40 and the database 42 are in communication 
through one or more netWorks 44. Suitable netWorks 44 

include local area netWorks, eg an Ethernet netWork, a Wide 
area netWork, secure local and Wide are netWorks, secure 

Wireless netWorks, enterprise-Wide netWorks, storage area 
netWorks, virtual private netWorks, secure virtual private 
netWorks, internet area netWorks, internet secure netWorks, 
personal area netWorks and combinations thereof. The tele 
phones 32 located at each agent 30 can be in direct com 
munication With the netWork 44 or can be in communication 
With the netWork through the computer 34. 

[0018] Referring to FIG. 2, an embodiment of a method 
for propagating contextual data in an audio communication 
46 in accordance With the present invention is illustrated. An 
audio communication session is initiated betWeen a ?rst 
party and a second party 48. Suitable audio communication 
sessions include any audio communication session betWeen 
tWo or more parties utiliZing Wireline and Wireless telephone 
systems including the Public SWitched Telephone NetWork 
(PSTN), analogue cellular communication systems, digital 
cellular communication systems, satellite communication 
systems, Voice-over-Internet Protocol (VoIP) communica 
tion systems (either H323 or SIP based) and combinations 
thereof. Audio communication sessions also include the 
audio portion of a mixed media communication, for example 
a video or Web-based conferencing session. In one embodi 
ment, the ?rst party is a caller 12 (FIG. 1), and the second 
party is a call center 14 (FIG. 1). Alternatively, the ?rst and 
second parties can both be call centers or can both be 
individual callers. In order to initiate the audio communi 
cation session, either the ?rst party calls the second party, or 
the second party calls the ?rst party using the customer 
premises equipment located at the ?rst or second party. In 
one embodiment, a VoIP telephone call from the ?rst party 
to the second party is initiated using a VoIP telephone 
located at the ?rst party or a computer Webpage interface. In 
another embodiment, a telephone call for the ?rst party to 
the second party is initiated over a public sWitched telephone 
netWork using a Wireline or Wireless telephone. 

[0019] Once the session is initiated, the audio communi 
cation session is converted to a format that supports the 
linking of contextual data With audio. In one embodiment, 
the initiated audio communication session is converted to a 
VoIP communication session 50. Any suitable protocol for 
conducting a VoIP session can be used. Preferably, the VoIP 
communication session is a session initiation protocol (SIP) 
based VoIP communication session. When the incoming 
phone call from the ?rst party is made across the PSTN, the 
PSTN is interfaced With the internet thought the IP/PSTN 
gateWay to facilitate the conversion of the audio communi 
cation session to a VoIP communication session. Altema 
tively, the ?rst party initiates a VoIP telephone call. In this 
embodiment, the audio communication does not have to be 
converted to a VoIP communication session; hoWever, the 
protocol is con?rmed to be SIP. 
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[0020] The audio communication session between the ?rst 
party and the second party has been initiated by the ?rst 
party for a particular purpose, for example technical support, 
customer service or sales. In order to facilitate the process 
ing of the service requested by the ?rst party, the second 
party obtains contextual data from the ?rst party 52. This 
contextual data is caller speci?c and preferably audio ses 
sion speci?c. The contextual data includes, but is not limited 
to, account information, pass codes, personal identi?cation 
numbers, contact information, personal identi?cation infor 
mation, queries, responses to questions, purchase requests 
and combinations thereof. Additional contextual informa 
tion can be retrieved from the database 42. Methods for 
obtaining the contextual data including prompting the caller 
to select form menus using the phone key pad or a voice 
recognition system, using a graphical interface on the phone 
or a computer disposed at the caller’s premises or using an 
agent to obtain the contextual information verbally from 
caller and entering the information using a computer located 
at the agent. 

[0021] Having obtained the contextual data from the ?rst 
party, the contextual data is stored 54 by the second party in 
a format that can be propagated With the audio portion of the 
communication session and that can be accessed by current 
and future participants in the audio session. The contextual 
information can be stored locally at the second party, and a 
copy can also be forWarded to the ?rst party. In addition, a 
copy of the contextual information can also be saved in the 
database 42 for future use or to protect against unexpected 
interruptions to the audio communication session. In one 
embodiment, the contextual data is saved as a text docu 
ment. Any suitable format for a text document that is knoWn 
and available in the art can be used. Preferably, the contex 
tual information is stored in an extensible mark-up language 
(XML) formatted document. 

[0022] The stored text document is linked to the audio 
communication 56 so that When the audio portion of the 
audio communication session is delivered, the text docu 
ment is also delivered. Preferably, the stored data are linked 
to one or more of the commands or signaling messages that 
control the audio communication session itself. In one 
embodiment, the audio communication session is, or has 
been converted to, a SIP based VoIP, and SIP is the signaling 
protocol for VoIP. The communication session is controlled 
by SIP signaling messages including messages for call setup, 
for example INVITE, call teardoWn or termination, for 
example BYE and call transfer, for example REFER. In one 
embodiment, the messages are sent as user datagram pro 
tocol/internet protocol (UDP/IP) packets. 

[0023] Since each signaling message contains a session 
description payload (SDP), the stored text document is 
preferably embedded in the SDP. Once stored and linked to 
the audio communication session, the stored contextual data 
can be propagated With the audio communication session 58. 
Propagation of the audio communication session includes 
transferring the audio communication from the second party 
to a third party or adding one or more additional parties to 
the audio communication, for example initiating a multi 
party telephone conference. In one embodiment, the second 
party is an agent Within the call center, and the third party to 
Whom the audio communication session is transferred is 
another agent Within the call center. The third party can be 
located at the same physical location as the second party or 
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a separate physical location. This separate physical location 
can be accessible across a local netWork, the Internet or a 
PSTN. Since the text document containing the contextual 
data is delivered to the additional party, for example the third 
party, concurrent With the signaling commands, the neW 
party does not need to request the same information from the 
?rst party and does not need to access a common database 
to get the necessary contextual information about the ?rst 
party 

[0024] An embodiment of a SIP based VoIP call initiation 
is illustrated in FIG. 3. A caller 12, for example an IP Phone 
24 or a laptop running an IP soft phone, registers With a ?rst 
SIP Proxy 62 using a SIP REGISTER message. The ?rst SIP 
Proxy 62 is responsible for routing an INVITE message 64 
via subsequent proxies 66 to the called party, for example an 
agent 30 in a call center 14. The caller 12 is provided With 
a typical “ringing”68 indicating that the called party’s phone 
is ringing, folloWed by OK 70 and ACK 72 SIP messages. 
The INVITE, OK and ACK messages each carry a SDP 
payload describing the IP address and port numbers of the 
tWo endpoints and media characteristics such as codec type. 
The information in the SDP packet is used to establish a 
real-time transport protocol (RTP) media path 74 betWeen 
the caller 12 and the called party 30. Voice packets are sent 
as RTP/UDP/IP packets across the RTP media path 74 
directly betWeen the tWo endpoints. Termination of the audio 
communication session is accomplish by one endpoint send 
ing a BYE 76 message to the other endpoint through the SIP 
Proxies and receiving an OK 78 message in response. 

[0025] In one embodiment, the present invention uses 
SIP-based VoIP Within the called party’s netWork, for 
example a customer service organiZation. After initiating a 
customer service call, the caller typically provides informa 
tion, for example name, address, account number and other 
pertinent information to the called party. Often, the infor 
mation provided by the caller is used by a ?rst customer 
service representative to identify a second customer service 
representative that can provide the desired substantive assis 
tance to the caller. Once the second customer service rep 
resentative is identi?ed, the call is transferred. By propagat 
ing the information provided by the caller, also called the 
state information, With the transferred call, the caller does 
not have to provide the same information to the second 
customer service representative. 

[0026] Referring to FIG. 4, a caller 12 establishes a 
SIP-based VoIP communication session through a plurality 
of SIP proxy servers 79 With a ?rst customer service or call 
center representative 80 using the INVITE 64, OK 70 and 
ACK 72 messages as described above. During the voice 
conversation 82, the ?rst customer service representative 80 
obtains the desired state information verbally from the caller 
and enters the information, Which is stored as an XML 
formatted document. Based upon the content of the state 
information, the ?rst customer service representative 80 
identi?es a second customer service representative 84 to 
assist the caller 12. The ?rst customer service representative 
80 initiates a transfer of the call to the second customer 
service representative 84 by sending a REFER 86 message 
to the caller 12. The necessary identifying information for he 
second customer service representative is included in the 
SDP of the SIP signaling message, and the ?rst customer 
service representative also attaches or embeds the stored, 
XML formatted state information in the SDP 88. The 
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REFER message can be handled by a SIP-PSTN gateway if 
the caller 12 is from a PSTN phone. Acknowledgement 202 
that the REFER message was successfully received, under 
stood, and accepted is provided to the ?rst representative 80. 
The user sends an INVITE 90 message to the second 
customer service representative 84. This INVITE 90 mes 
sage contains the XML document that was received with the 
REFER 86 message. When the call setup for the transferred 
call is completed using a standard INVITE-OK-ACK 
exchange, the XML document is available to the second 
customer service representative 84. The user 12 disconnects 
from the ?rst representative 80 using a BYE command 
which is acknowledgement 200 as successfully received, 
understood, and accepted. 

[0027] The present invention is also directed to a computer 
readable medium containing a computer executable code 
that when read by a computer causes the computer to 
perform a method for propagating contextual data in an 
audio communication in accordance with the present inven 
tion and to the computer executable code itself. The com 
puter executable code can be stored on any suitable storage 
medium or database, including databases in communication 
with and accessible to the caller or call recipient, and can be 
executed on any suitable hardware platform as are known 
and available in the art. 

[0028] While it is apparent that the illustrative embodi 
ments of the invention disclosed herein ful?ll the objectives 
of the present invention, it is appreciated that numerous 
modi?cations and other embodiments may be devised by 
those skilled in the art. Additionally, feature(s) and/or ele 
ment(s) from any embodiment may be used singly or in 
combination with other embodiment(s). Therefore, it will be 
understood that the appended claims are intended to cover 
all such modi?cations and embodiments, which would come 
within the spirit and scope of the present invention. 

What is claimed is: 
1. A method for propagating contextual data in an audio 

communication, the method comprising: 

initiating an audio communication between a ?rst party 
and a second party; 

obtaining contextual data from the ?rst party; 

storing the contextual data in a text document; 

linking the text document to the audio communication; 
and 

propagating the text document with the audio communi 
cation. 

2. The method of claim 1, wherein the step of initiating an 
audio communication comprises initiating a voice over 
internet protocol telephone call from the ?rst party or 
initiating a telephone call across a public switched telephone 
network from the ?rst party. 

3. The method of claim 1, further comprising converting 
the audio communication to a session initiation protocol 
based voice over internet protocol communication. 

4. The method of claim 1, wherein the step of obtaining 
contextual data comprises obtaining account information, 
pass codes, personal identi?cation numbers, contact infor 
mation, personal identi?cation information, queries, query 
responses, purchase requests or combinations thereof. 
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5. The method of claim 1, wherein the step of storing the 
contextual data comprises storing the contextual data in an 
extensible mark-up language formatted document. 

6. The method of claim 1, wherein the step of linking the 
text document comprises attaching the text document to one 
or more signaling messages that control the audio commu 
nication. 

7. The method of claim 1, wherein the step of propagating 
the text document with the audio communication comprises 
transferring the audio communication from the second party 
to a third party or adding one or more additional parties to 
the audio communication. 

8. A method for propagating contextual data in an audio 
communication, the method comprising: 

converting an audio communication between a ?rst party 
and a second party to a session initiation protocol based 
voice over internet protocol communication; 

obtaining contextual data from the ?rst party; 

storing the contextual data in an extensible mark-up 
language formatted text document; 

attaching the text document to one or more of the session 
initiation protocol messages that control the voice over 
internet protocol communication; and 

propagating the text document with the audio communi 
cation. 

9. The method of claim 8, wherein the step of attaching 
the text document comprises embedding the text document 
in a session description payload associated with the session 
initiation protocol messages. 

10. The method of claim 8, wherein the step of propa 
gating the text document with the audio communication 
comprises transferring the audio communication from the 
second party to a third party or adding one or more addi 
tional parties to the audio communication. 

11. A computer readable medium containing a computer 
executable code that when read by a computer causes the 
computer to perform a method for propagating contextual 
data in an audio communication, the method comprising: 

initiating an audio communication between a ?rst party 
and a second party; 

obtaining contextual data from the ?rst party; 

storing the contextual data in a text document; 

linking the text document to the audio communication; 
and 

propagating the text document with the audio communi 
cation. 

12. The computer readable medium of claim 11, wherein 
the step of initiating an audio communication comprises 
initiating a voice over internet protocol telephone call from 
the ?rst party or initiating a telephone call across a public 
switched telephone network from the ?rst party. 

13. The computer readable medium of claim 11, further 
comprising converting the audio communication to a session 
initiation protocol based voice over internet protocol com 
munication. 

14. The computer readable medium of claim 11, wherein 
the step of obtaining contextual data comprises obtaining 
account information, pass codes, personal identi?cation 
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numbers, contact information, personal identi?cation infor 
mation, queries, responses to questions, purchase requests or 
combinations thereof. 

15. The computer readable medium of claim 11, Wherein 
the step of saving the contextual data comprises saving the 
contextual data in an extensible mark-up language formatted 
document. 

16. The computer readable medium of claim 11, Wherein 
the step of linking the text document comprises attaching the 
text document to signaling messages that control the audio 
communication. 

17. The computer readable medium of claim 16, Wherein 
the signaling messages comprise session initiation protocol 
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messages and the step of linking the text document com 
prises embedding the text document in a session description 
payload associated With each session initiation protocol 
message. 

18. The computer readable medium of claim 11, Wherein 
the step of propagating the text document With the audio 
communication comprises transferring the audio communi 
cation from the second party to a third party or adding one 
or more additional parties to the audio communication. 


