
WO 01/44890 PCTIUSOO/41969  SIP-BASED FEATURE CONTROL BACKGROUND OF THE
INVENTION  5 1. Field of the Invention The present invention relates
generally to the field of Internet multimedia and  single media
communication. and, more particularly, to a method and system for
providing feature-based services using the Session Initiation Protocol. 10
2. Description of the Related Art The last twenty years have seen the
Internet grow exponentially. From a tool for  the technically savvy. the
Internet has turned into one of the main communication 1s means of a large
segment of the general populace. As it has grown, other tools and
technology, such as music and videos, have migrated to the computer-based
medium.  One example of migrating technology is the movement of telephony
services to  the Internet. Internet telephony refers to a wide range of
services, not merely the 20 traditional telephone call. In general, it
refers to the transport of real-time media, such  as voice and video, over
the Internet to provide interactive communication among -1 WO 01/44890
PCT/USOO/41969  Internet users. Users may access the Internet through a
variety of means - a personal  computer (PC), a stand-alone Internet
Protocol (IP)-enabled device, or even by dialing  



up to a gateway from the handset of a traditional Public Switched Telephone
Network  (PSTN). S The advantages of IP telephony are quite sweeping- It
offers high-quality voice  communication. improved multiplexing gains, rich
computer telephony integration.  advanced services, an open market for
providers, and reduced cost. Most of these  advantages flow from the fact
that IP telephony is packet based, rather than circuit 10 based, like the
present phone system. In a circuit-based communication, such as a  phone
call on traditional equipment. an actual connection is maintained between
the  caller and callee through switches and wires. In a packet based
communication, the  communication itself is broken down into packets which
are sent over a network. This  allows for a more efficient use of
resources. In addition, IPtelephony uses mostly text 15 based protocols.
which allows for easy implementation and debugging in languages  such as
Java, Tel, and Pert. The layered protocols in IP telephony are also
designed to  operate independently of one another. This means that one can
use the some higher- layer protocol in a wide range of devices, from cell
and desktop telephones to TVs,  stereos, and computers, because the lower,
physical layers will take care of the 20 differences. -2 WO 01/44890
PCT/USOO/41%9  



Currently, traditional PSTN telephony uses SS7. (System Signalling 7) as
the  signalling protocol which establishes, controls, and tears down
circuit connections. IP  telephony uses SIP (Session Initiation Protocol,
RFC 2543) as the signalling protocol  for telephony, videoconferencing, and
multimedia sessions. SIP provides for S establishing and releasing
connections. The SIP protocol is a text-based protocol that works above the
transport layer in  the TCP/IP (Transport Control Protocol/Intemet
Protocol) stack. SIP can use any  transport protocol, including TCP
(Transport Control Protocol) and UDP (User to Datagram Protocol) as its
transport. protocol. In addition, SIP can also work with ATM  AAL5
(Asynchronous Transfer Mode ATM Adaption Layer 5). IPX (Internet Packet
eXchange), frame relay or X.25 transport protocols. There are two
components in a SIP network: network servers and user agents.  IS A user
agent is an end system that acts on behalf of someone who wants to
participate  in calls. In general, the user agent contains both a protocol
client (a user agent client  UAC) which initiates a call and a protocol
server (user agent server UAS) which  responds to a call (see FIG. 1).
There are two different types of network servers as  well: a proxy server.
which receives requests, determines which server to send it to, 20 and then
forwards the request; and a redirect server, which receives requests, but
instead of forwarding them to the next hop server, tells the client to
contact the next hop  -3 i 



WO 01/44890 PCT/US00/41969  directly. The steps in Initiating a session am
fairly simple: as shown in FIG. 1. (1) the  UAC sends an INVITE request to
a SIP server, which in this case. is a proxy server. 5 The SIP server will
look in its database to determine where to send the INVITE request.  Once
that is determined, the proxy server sends the INVITE message to the
appropriate next hop. In FIG. 1, the next hop is the callee, but, in
reality, there could be  a number of hops between the SIP server and the
callee. If the SIP server was a  redirect server, it would inform the UAC
what the appropriate next hop is, and let the 10 UAC do the rest. Once (2)
the INVITE message finally reaches the callee UAS, (3) the  callee UAS
responds with an OK message, which (4) is forwarded to the caller UAC.
When the caller UAC receives the OK message, indicating the callee has
received the  INVITE, (5) the UAC sends an ACK message, which, when (6)
received, will start the  session. t5 However, there are difficulties in
migrating all the current services of traditional  telephone networks to
Internet telephony and SIP. In traditional networks, the Private  Branch
Exchange (PBX) is the cornerstone of business voice communication
networking. For instance, all the employees at a business will have phones
at their 20 desk connected to a PBX, which routes the calls, handles voice
mail. and offers other  



services. The replacement of traditional PBXs with IP-(Intemet
Protocol)-based PBXs  -4 WO 01/44890 PCT/USOO/41969  will require that the
users have the same services from their IP-enabled desktop  telephone that
they previously had from their traditional PBX telephone. An example of the
type of services traditional PBXs offer is the Do Not Disturb 5 feature. Do
Not Disturb (DND) is often Implemented as a button that a user presses so
that all calls will be automatically forwarded to the user's voice mailbox.
In a traditional  PBX, a DUD command message is generally sent from the
desktop device to the PBX,  which then automatically forwards all calls to
the voice mail system. But, in an SIP- based IP telephone network, the
desktop telephone, or, more exactly, the user agent 10 server UAS, would
perform the forwarding. Although this works in many cases. it  assumes the
end client device (in this case, the SIP-based IP desktop telephone) has a
DND capability, which is not assured. Therefore, there is a need for a
system and  method for traditional PBX services, such as the DND feature,
in end client devices,  such as SIP-based IP desktop telephones, without
assuming the and client devices 15 have this capability. In addition, there
are other features in traditional PBX systems that require the  network
server to be notified of status changes, especially when those changes
effect  the session/call setup handling for a user that has signed up for a
network-based 



20 service. Examples include unconditional call forwarding, when the user
wishes to  forward all calls to another numberiaddress; conditional call
forwarding, when the user  -5 WO 01/44890 PCT/USOO/41969  wishes to forward
some calls under certain conditions; call blocking, when the user  wishes
to block certain addresses/numbers from being called; and call screening,
when  the user wishes to prevent calls from certain address/numbers from
being received.  Therefore, a need exists for a method and system for the
user agent to notify the 5 network server of feature status changes. such
as DND, call forwarding, screening and  blocking. SUMMARY OF THE INVENTION
10 An object of the present invention is to provide a system and method
which  allows the network server in a SIP based telephony network to
perform all the functions  of a traditional PBX system. Another object of
the present Invention is to allow traditional PBX functions to be  is
performed in a network, without requiring that the end client devices in
that network be  able to perform all of these functions. A further object
of the present invention Is to provide a system and method for  notifying
network servers of changes to feature information for a particular user or
20 device. 



-6 WO 01/44890 PCT/US00/41969  In order to fulfill these and other objects,
the present invention provides an  extension to the SIP protocol that would
be used for notifying network servers of  changes to feature information
for a particular user or device. This extension, which  consists of an
extra field header called "Feature", would allow an end client to inform 5
the network server of feature changes, rather than perform these features
itself.  -7 WO 01/44990 PCT/US00/41969  BRIE DESCRIPTION OF THE DRAWINGS
The above and other objects, features and advantages of the present  5
invention will become more apparent from the following detailed description
when  taken in conjunction with the accompanying drawing in which: FIG. I
shows the components of a SIP-based system and an overview of initiating  a
session; and 10 FIG. 2 shows a use of the REGISTER message according to an
embodiment of the  present invention. DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS 15 In a traditional PBX system, when the end-user wanted to
modify or begin use of  



a feature. such as DND, the telephone unit would send a message with
special digits  that indicated the feature control information. For
instance, the DND button might send  a "*720" message, which tells the PBX
to activate the DND feature on that phone  extension. Releasing the DND
button might send a"@720" message, which tells the 20 PBX to deactivate the
DND feature on that phone extension.  -8 WO 01/44890 PCT/USOO/41969  The
preferred embodiment of the present invention uses one of the message types
(REGISTER) that already exists in SIP to send this type of feature control
Information. In order to do so, the preferred embodiment adds another field
header to  S the REGISTER message, the "Feature field header. In order to
more fully understand the preferred embodiment. a brief discussion of  the
various types of method messages in SIP is in order. INVITE and ACK are two
method messages that were mentioned above; other method messages include 10
OPTIONS, BYE, CANCEL. and REGISTER. The INVITE message indicates that the
user or service is being invited to participate in a session. The ACK
message confirms  that the client has received a final response to an
INVITE message. The OPTIONS  message is a query to the server concerning
the server's capabilities. The BYE  message is used by the client to
indicate to the server that it wishes to release or end is the call. The
CANCEL message is used to cancel a pending request. The REGISTER message
can be understood as a "tog on" message, although it  



has many more uses. As an example, a desktop telephone could be designed
with an  "I'm here" button for indicating to the SIP server that the person
is actually at that phone 20 and ready to receive phone calls and other
multimedia communications. This "I'm here"  button would send a REGISTER
message to the SIP server. That may or may not be  -9 WO 01/44890
PCT/US00/41969  followed up with a request for validation from the SIP
server to insure privacy. If it all  works out. the SIP server will
register that user and the user's address in the SIP server  database, so
that calls can be properly routed. 5 In general. registration either
validates or invalidates a SIP user agent for user  services provided by
the SIP server. Additionally, the user agent provides one or more  contact
locations to the SIP server. An example of a REGISTER message, in which a
user named "Barney" is using to log on to a SIP server, is below: 10
REGISTER sip:ss2.wcom SIP 2.0  Via: SIP/2.0/UDP there.com:5060  From:
Barney <sip:UserB(r)there.com>  To: Barney csip:UserB@there.com>  Call-ID:
123456789(r)there.com 15 CSeq: 1 REGISTER Contact: Barney
<sip:UserBQthere.com> Contact: sip:+1-972-55S-2222@gwl.wcom.eom;user=phone



Contact: tel: +1-972-555-2222 Authorization: Digest username="UserB",
realm="MCI WorldCom SIP",  20 nonce=Mea9c8eB8df84flcec4341aeGcbe5a3S9",
opaque-"", uri=' sip: es2.wcom. care,
response="dfe5613ldl9S8o46689cd83306477ecc"  Content-Length: 0 25 An exact
description of the header fields Is contained in RFC 2543, but such  detail
is unnecessary for complete understanding of the present invention.
However. as  an aside, the Authorization field header Is used to validate
that an authorized user is  making the registration. -10 WO 01/44890
PCT/US00/41969  In a preferred embodiment of the present invention, another
field header is  added to the REGISTER message that would carry feature
control information. This  would allow the REGISTER message to perform the
additional functions required to  emulate a traditional PBX system. For
example, If the user in a IP-based PBX system 5 pressed the DUD button, a
properly formatted REGISTER message is sent from the  and client device,
i.e. telephone, to the SIP Proxy Server, as shown by (1) in FIG. 2.  The
REGISTER message would have the foitowing format (bold added to show new
header): 



to REGISTER sip:ss2.wcom SIP 2.0  Via: SIP/2.0/UDP there.cotn:5060  From:
Barney <sip:UserBS3there.corn>  To: Barney <sip:UserB@there.com>  Call-ID:
123456789(r)there.com IS CSeq: 1 REGISTER Contact: Barney
csip:UserBathere.com> Contact: sip:+1-972-555-2222egwl.wcom.com;user=phone
Contact: tel: +1-972-SSS-2222 Authorization:Digest username="UserB",
realm="MCI WorldCom SIP",  20 nonce="ea9c8e88df84flcec4341ae6ebeSa359",
opaque="M,  uri="sip:sa2.wcom.com", response:"
dfe56131d1958046689cd83306477ecc"  Feature.' dnd; status-active
Content-Length: 0 25 This Feature field entry would tell the SIP server to
change the "dnd" feature  status to "active". Thus, the SIP server would
know to send all incoming calls for  Barney to Barney's voice mail box.
This allows the user agent client UAC to be "thin": -I1 WO 01/44890 



PCT/US00/41969  in other words, the user agent client will not have to add
all the PBX features to its own  protocol. Instead, the user agent client
(in our example, an IP-based desktop  telephone) will simply tell the
network server to provide the feature. When the SIP  server has
appropriately updated its tables and database, the SIP server sends (2) an
5 OK message to the user agent client UAC to confirm that the feature
status information  has been updated. The OK message would have the
following format (bold added to  show new header): SIP 2.0 200 OK 10 Via:
SIP/2.0/UDP there.com:5060  From: Barney eeip:UzerB@there.com>  To: Barney
csip:UserBethere.com>  Call-ID: 123456789@there.com  CSeq: i REGISTER 15
Contact: Barney <sip:UserBQthere.com> Contact:
sip:+1-972-555-2222@gwl.wcom.com;user=phone  Contact: tel: +1-972-555-2222
Feature= dad; status=active  Content-Length: 0 20 When (3) someone attempts
to call Barney, such as Frank, who happens to be  



using a SIP-enabled client device, the SIP server will refer to its updated
tables and  database and find that Barney wishes his messages to be entered
into the voice mail  system. The SIP server will then (4) redirect the
incoming call to the voice mail 2S messaging system. Then the (5) voice
mail system will send an OK message to Frank  in order to initiate a
connection. -12 WO 01144890 PCT/US00/41969  When using features such as
call forwarding, screening or blocking, the Feature field entry would
contain additional information. For instance, if the activated feature  was
call screening, the Feature field entry could appear as: S Feature= screen;
status=active; tel: +1-972-555-1212 The REGISTER message containing this
Feature field entry would instruct the  SIP server to activate call
screening and prevent the telephone number 1-972-555- 1212 from calling the
user. Clearly, other features may require more or less 10 information,
depending on the function that the SIP server will be required to perform.
The solution provided by the preferred embodiment is both easier to
implement  than traditional message handling, such as performed in a PBX
system, and easier to 15 understand. Furthermore, it's more intuitively
obvious what "dnd; status=active" means  than the traditional 1720". While
the present Invention has been described in detail with reference to the
preferred embodiment, it is a mere exemplary application. Thus, it is to be
cldady  



20 understood that many variations can be made by anyone skilled in the art
within the scope and spirit of the present invention. -13 WO 01/44890
PCT/US00/41969  WHAT IS CLAIMED IS: 1. A system for providing feature
status information in a Session Initiation  Protocol (SIP) based network.
said network having messages including at least one  5 field header,
comprising: means for adding feature status information as an additional
field header to a  message. 2. The system as recited In claim 1. further
comprising: 10 a client means that a user operates to initiate a session.
said client means  sending and receiving requests from a server means; and
a server means for receiving a request, determining where to send a
request,  and forwarding a request; wherein said message containing said
feature status information Is sent between  15 the client means and the
server means. 3. The system as recited in claim 1, further comprising: a
client means that a user operates to initiate a session, said client means
sending and receiving requests from a server means; and 20 a server means
for receiving a request, determining where to send the request,  



and informing said client means where to send the request; -14 II1~11 WO
01/44890 PCT/USOO/41969  wherein said message containing said feature
status information is sent between  the client means and the server means.
4. The system as recited in claim 1, further comprising: 5 a SIP server for
providing features and for receiving the message with feature  status
information; wherein said SIP server implements the features according to
the feature status  information contained in the received message. to 5.
The system as recited in claim 1, wherein said additional field header
containing said feature status information is added. to a REGISTER message.
6. The system as recited in claim 1, wherein said SIP based network
initiates  telephony sessions. is 7. The system as recited in claim 6.
wherein a feature corresponding to the  feature status information is call
forwarding. B. The system as recited in claim 6, wherein a feature
corresponding to the  20 feature status Information is call blocking. -15 
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9. The system as recited in claim 6, wherein a feature corresponding to the
feature status information is call screening. 10. A method for providing
feature status information in a Session Initiation 5 Protocol (SIP) based
network, said network having at least one user agent client (UAC),  at
least one SIP server for implementing features, and messages including at
least one  field header, comprising the steps of. adding feature status
information to a message from the UAC to the SIP server;  transmitting said
message to the SIP server, and 10 implementing said features according to
the feature status information in said  message. 11. The method as recited
in claim 10, wherein said UAC is implemented in an  end client device used
by a user, further comprising the step of. is indicating to the end client
device what feature status changes the user wishes  to make; and creating
feature status information from said indication. 12. The method as recited
in claim 10, wherein said feature status information  20 has a feature
status field header. II!lIIIIIIIlII . __  



16_ C ' Ct' WO 01/44890 PCT1US00/41969  13. The method as recited in claim
10, wherein said message with added feature status Information is a
REGISTER message. 14. The method as recited in claim 10, wherein said SIP
based network initiates.  5 telephony sessions. 15. The method as recited
in claim 10, wherein a feature corresponding to the  feature status
information is call forwarding. 10 16. The method as recited in claim 10,
wherein a feature corresponding to the  feature status information is call
blocking. 17. The method as recited in claim 10, wherein a feature
corresponding to the  feature status information is call screening. 15 1 S.
A system for providing feature status information in a Session Initiation
Protocol (SIP) based network, said network having method messages including
at least  INVITE, ACK, OPTIONS, BYE, CANCEL, REGISTER, each said method
message  having at least one field header, comprising: 20 at least one user
agent client for using an additional field header to add feature  status
information to a REGISTER message, said user agent client sending said  -17



11111111111111 IlijI 11111 11 111 S 1 WO 01/44890 PCTIUS00/41969  REGISTER
message to at least one SIP server; said at least one SIP server for
receiving said REGISTER message from said at  least one user agent client
and for implementing features according to the feature  status information
In said REGISTER message; and 5 at least one said network for transmitting
messages between said at least one  user agent client and said at least one
SIP server. 19. The system as recited in claim 18, wherein said network
initiates telephony  sessions. 10 20. The system as recited in claim 19,
wherein said features include one of call  forwarding, call screening, and
call blocking. 15 1111111111111  It1111111111 5 II111~ L  _lg_ 


