WD 01/ 44890 PCTI USOQ 41969 Sl P- BASED FEATURE CONTROL BACKGROUND OF THE
INVENTION 5 1. Field of the Invention The present invention rel ates
general |y ty §:h8s Sgl eld of Internet nultinedia and single f@f'rb 0,41969
comuni cat i on. nore particularly, to a nethod and system

provi di ng feature-based services using the Session Initiation Pr ot ocol . 10
2. Description of the Related Art The |ast twenty years have seen the

I nternet grow exponentially. Froma tool for the technically savvy. the
Internet has turned into one of the main conmunication 1s nmeans of a | arge
segnent of the general populace. As it has grown, other tools and

t echnol ogy, such-as nusic and videos, have mgrated to the conputer-based
medium One exanple of migrating technology is the novenent of tel ephony
services to the Internet.gpl t BEUPONTROL S to a wide range of
services, not nerely the rtronar telephone call. In general, it
refers to the transpOrt of real-tine.nmedia, such as voice and video, over
the Internet to provide |nteract|ve comuni cati on anong -1 WD 01/ 44890
PCT/ USOQ 41969 | nt er net ASSTION | Nternet through a

variety of means - a per st and- al one I nternet
Prot ocol (IP)-enabl ed device, or even by di aI I ng

5 1.___Field of the Invention

The present invention relates generally to the field of lntémet multimedia and
single media communication, and, more particularly, to a method and systeﬁa for
providing feature-based services using the Session Initiation Protocol.

10

De: stic of the Relat

The last twenty years have seen the Intemet grow exponentially. From a tool for
the technically savvy, the Internet has tumed into one of the main communication
15 means of a farge segment of the general poputace. 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 Intemet. 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 intemnet to provide interactive communication among
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up to a gateway fromthe handset of a traditional Public Sw tched Tel ephone
Network (PSTN). S The advantages of |P telephony are quite sweeping- It

of fers hi gh-Wf@04/448% voi ce comunication. inproved multipl exé&Re @?w@ rich
conput er tel ephony integration. advanced services, an open narﬁ or
provi ders, and reduced cost. Mst of these advantages flow fromthe fact
that I P tel ephony is packet based, rather than circuit 10 based, |ike the
present phone system 1In a circuit-based comunication, such as a phone
call on traditional equipnent. an actual connection is maintai ned between
the caller and callee through switches and wires. In a packet based
communi cation, the comunication itself is broken down into packets which
are sent over a network. This allows for a nore efficient use of

r esour celntermnet usefist iUsers mayacopsoire lotemet iirough aivarietylof mearst— grpgrsonsl s.
whi ch allows for easy inplenentation and debuggi ng in | anguages such as
Java, TekompoterfRC), a Slaadiaigre interpetd?Protoriok(IPRrendbled Heyinengr avea hyl dialing
designed to operate independently of one another. This neans that one can

use the gpife algabway fronythe Handsetwtla tratitfonal PablicSwitctidd Telepliera Nétwark cel |
and deskt op tel ephones to TVs, stereos, and conputers, because the |ower,

physi czcilnﬂbsyﬁ;s will take care of the 20 differences. -2 WO 01/ 44890
PCT/ usoQ 4198

The advantages of |P 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 calf on traditional equipnient.'an actual connecfion is méintained between the
caller and callee through switches and wires. Ina packet-based communication, the
communication itself is broken down into packets which are sent over a nefwork. This
allows for a more efficient use of resources. In addition, IP.telephony uses mostly text-

15 based protocois, which allows for easy implementation and debugginé in languages
such as Java, Tcl, and Perl. The layered pro_tocols in IP telephony are also designed to
operate independently of one another. This means that one can use the same higher-
fayer 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 differances.



Currently, traditional PSTN tel ephony uses SS7. (System Signalling 7) as
the si gnalyé pepgpOt 0COl Which establishes, controls, and tears down
circuit connections. IP telephony uses SIP (Session Initiparisoodregt ocol ,
RFC 2543) as the signalling protocol for telephony, videoconferencing, and
mul tinmedi a sessions. SIP provides for S establishing and rel easing
connections. The SIP protocol is a text-based protocol that works above the-
transport layer in the TCP/IP (Transport Control Protocol/Intenet
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

(Asynchrono nq{ﬁ. Agﬂmx ledye =R Packet
eXchange), pragr%'&'e a;ﬂo&‘?f’%ﬁ'\%ﬁe ns o‘%ltgs'pr ot()sé’g?"é'.‘ b@ﬁeag@ggseag?ﬁv\%
components.in.a SlP rK:,.net wor eLyel : user
agent  PBnaing eyl B Rioushes. Birtighh a8 B0 b T Raicttons. 36"
participate in c | n ral . the u t._.co in pr ot ocol
Ol ent ‘REP ey g HiF Gertind eaten Ripietel R 720 es R RBPSing ity P10
server _(user agent . server UAS ich. responds to.a cal]l ee FIG 1).
There ié’é o 'fwmgfﬂﬂg'é‘\ml‘@p%'- a SEFYANY ﬁ@’ plm(p‘e'g??{ proxy server.
whi ch receives reguests., determi nes which server to send it to, 20 and then
f of war @stab¥shing gneJeleaging canpeclidPect server, which receives requests, but
i nstead of forwarding themto the next hop server, tells the client to
contact the next hop -3 i
The SIP protocol is a text-based protocol that works above the transport layer in

the TCPAIP (Transport Control Protocol/intemet Protocol) stack. SIP can use any

fransport protocol, including TCP (Transport Control Protocol) and UDP (User
10 Datagram Protocol) as its transport.protocol. In addition, SIP can also work with ATM

AALS (Asynchronous Transfer Mode ATM Adaption Layer 5), IPX (Intemet Packet

eXchange), frame relay or X.25 transport protocols.

There are two components in a SIP network: network servers and user agents.
15 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 bath 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
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WO 01/ 44890 PCT/ US00/ 41969 directly. The steps in Initiating a session am
fairly sinplgkaﬁ pown in FIG 1. (1) the UAC sends an INVITE request to
a SIP server, Ich in this case. is a proxy server. 5 The PcRAR06¥9E W | |
|l ook in its database to determ ne where to send the I NVITE request. Once
that is determ ned, the proxy server sends-the |INVITE nessage to the
appropriate next hop. In FIG 1, the next hop is the callee, but, in
reality, there could be a nunber of hops between the SIP server and the
callee. If the SIP server was a redirect server, it wuld informthe UAC
what the appropriate next hop is, and let the 10 UAC do the rest. Once (2)
the INVITE nessage finally reaches the callee UAS, (3) the callee UAS
responds with an OK nessage, which (4) is forwarded to the caller UAC
Wien t he W&FMer UAC receives the OK nmessage, indicating the callee has
received the INVITE, (5) the UAC sends an ACK nessage, which, when (6)
received, wll start the session: t5 However, there are difficulties in
mgrating all the current services of traditional tel ephone networks to

I nternet tel efingratenmin initinting A sessien erefaily siwpies pr showRdn PIG/hilt) ther anch
Exchange (PBX) is the cornerstone of business voice comunication

net wor ki H4ACEends astiIVEEE reduest toca SIDseryer whih in thisaseds afTpXy pefYer.phones
at their 20 desk connected to a PBX, which routes the calls, handl es voice
mai | 5 andThef SR serwehwill look in its database to determine where to send the lNVlTE 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 caliee. if the SIP serverwas a
redirect server, it would inform the UAC what the appropriate next hop is, and let the

10 UAC do the rest. Once (25 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 ah ACK message; which, when (6) received, will start the
session.

15

However, there are difficulties in migrating all the current services of traditional

telephone networks to Internet telephony and SIP. In traditional netwaorks, 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 repiacement of traditional PBXs with |P-{Intemet Protocol)-based PBXs
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T

services. The replacenent of traditional PBXs with |IP-(Intenet

Protocol ) - ba¥@di/ididds -4 WO 01/ 44890 PCT/ USOO 41969 will require that the
users have the sane services fromtheir |P-enabled desktoppcyesfpisge that
they previously had fromtheir traditional PBX tel ephone. An exanpl é of the
type of services traditional PBXs offer is the Do Not Disturb 5 feature. Do
Not Disturb (DND) is often Inplenented as a button that a user presses so
that all calls will be automatically forwarded to the user's voice nail box.
In a traditional PBX, a DUD comrand nessage is generally sent fromthe
desktop device to the PBX, which then automatically forwards all calls to
the voice mail system But, in an SIP- based |IP tel ephone network, the
deskt op wittreqliertbat the users kavexthe ishmne sehdcassfeom theiniP-dibabdert desktdp\S, woul d
performthe forwarding. Although this works in many cases. it assumes the

end cl i ealepfione Gt thay prelvidusiphad fiohethelraBioast PEX tslsphione. t el ephone) has a

DND capability, which is not assured. Therefore, there is a need for a
system and nethod for traditional PBX services, such as the DND feature,
in end client devi ces such as SIP-based | P deskt op tel ephones, w thout

o T e APt S
o4 QR T B PR b SR SRR,
net vor ktggtsaqp calls will be automatically forwarded to the user’s voice mailbox. In a traditional

PBX, a DND 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 end client devices

15 have this capability.

In addition, there are other features in traditional PBX éystems that require the
network server to be notified of status changes, especially when those changes effect
the session/call setup handiing 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 number/address; conditional call forwarding, when the user
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20 service. Exanples include unconditional call forwarding, when the user
wishes to fqoigeg! | calls to another nunberi address; conditional call

f orwardi ng, when the user -5 WO 01/44890 PCT/ USOQ 41969 wirglrasod/fofor war d
sonme calls under certain conditions; call blocking, when the user w shes
to bl ock certain addresses/nunbers from being called; and call screening,
when the user wishes to prevent calls fromcertain address/nunbers from
bei ng 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 bl ocking. SUVWARY OF THE | NVENTI ON
10 An object of the present invention is to provide a system and net hod

Mnich - alleRUg 16 Riwafd YK i URded ArfinUdnaftpE kiR wrivhl the et O

perform a rons — 0 PBX system™ Anot her object of
t he prese lnvention js t | | Lt : u i \
perfor rre'd'i}‘lthﬁsgo ﬁ@’t‘\k&f’ﬁa'ﬂ/ﬁ"r{% e%ﬁ?# %W&?;ﬁﬁ@é %‘33 (‘:? |ﬁ] §%’;‘*@3@§ f \gggni n
that network be_. able to perfogrmall of thegse . fungctiqQns. f obj ect
of "t ho. pHBLAAF 4isf 13 RIAVAE cals o Sctereu s i baafebsifba 7 7
‘network servers of changes to feature infornPtion for a Partiwh‘ar user or
20 devi cé&herefore, 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 alf the functions

of a traditional PBX system.

Another object of the present invention is to allow traditional PBX functions to be
15 performed in a nefwork, 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 fo provide a system and method for

notifying network servers of changes to feature information for a parficular user or

20  device.



-6 WD 01/44890 PCT/USO0/ 41969 1In order to fulfill these and other objects,
t he presentwe piyQgpl on provides an extension to the SIP protocol that woul d
be used for notifying network servers of changes to feat #CEUSo496%at i On
for a particular user or device. This extension, which consists of an
extra field header called "Feature", would allow an end client to inform5
the network server of feature changes, rather than performthese features
itself. -7 WD 01/44990 PCT/ US00/ 41969 BRI E DESCRI PTI ON OF THE DRAW NGS
The above and ot her objects, features and advantages of the present 5
invention wll become nore apparent fromthe follow ng detail ed description-
when taken in conjunction with the acconpanying drawing in which: FIG |

shows the cwamemwmfmesébﬁdBmdbfféwt&@gédemimhﬁéwbmsérni tiating a
session; and 10 FIG 2 shows a use of the REG STER nessage according to an

enbodi rigdnefin tolth s?P‘Iif&B HRAMSR0LIE Be ubEd fr nblitying 3{dRivbrid Sdiérs of HE PREFERRED
EMBCDI MENTS 1“5 I nea tradi {:? onaﬁmlig‘éx g)‘/lst emr \f\%n' the end-user wanted to
modi fy @l%nﬁ@gmeﬁﬁﬁe Hformation for a particular user or device. This extension, which

consists of an exira field header called "Feature”, would allow an end client to inform

5 the network server of feature changes, rather than perform these features itself.



a feature. such as DND, the tel ephone unit would send a nessage with

speci al digiié that indicated the feature control information. For

i nstance, th Bt ton ni ght send a "*720" nessage, whi Cri’ctrﬁ}sb??uggi PBX
-to activate the DND feature on that phone extension. Releasing the D
button m ght send a"@20" nessage, which tells the 20 PBX to deactivate the
DND feature on that phone extension. -8 WO 01/44890 PCT/USQCQO 41969 The
preferred enbodi nent of the present invention uses one of the nessage types
(REG STER) that already exists in SIP to send this type of feature control
Information. In order to do so, the preferred enbodi nent adds another field
header to S the REQ STER nessage, the "Feature field header. In order to
nore fully understand the preferred enbodi nent. a brief discussion of the
various types of nethod nessages in SIPis in order. INVITE and ACK are two
met hod nessages that were nentioned above. 0d nessages include 10
OPTI ONS, BYE, CANCEL. anBRIECDESGRIPTIQN QR THE DRL INGS i cates that the
user or service is being invited to participate in a session. The ACK
message confirns that the client has received a final response to an

I NVI TE nessage. The OPTIONS nessage is a query to the server concerning
the server's cCéHpalrbove end otherBobjects, fealuressand cadvantages oofi the present

indicate to the_ server that it w shes to rel ease or end is the call. The
CANCEL neagafifion Wilf Bedohte fithe HpparéStTrirdhe Fallfing detailéet- deScfptidrratseac
can be understood as a "tog on" ssage, although It

taken in conjunction with the accompanying drawing in which:

FIG. 1 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.
LED DESCRI NOFT FERRE ODI
15 in a tradifional PBX system, when the end-user wanted to modify or b_egin 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.



has many nore uses. As an exanple, a desktop tel ephone could be designed
with an 'w'éyﬂ?re" button for indicating to the SIP server that the person
i s actuall { at phone 20 and ready to recei ve phone &&I{US0tH86%T!t her
mul ti medi a comuni cations. This "I'mhere” button would send a REG STER
nmessage to the SIP server. That may or may not be -9 WD 01/44890

PCT/ US00/ 41969 followed up with a request for validation fromthe SIP
server to insure privacy. If it all works out. the SIP server wll

regi ster that user and the user's address in the SIP server database, so
that calls can be properly routed. 5 In general. registration either

val idates or invalidates a SIP user agent for user services provided by
the SIP server. Additionally, the user .agent provides one or nore contact
| ocations to the SIP server. An exanple of a REG STER nessage, in which a

LSS e TSR Bedh Sk Bk LS e oSt o
B e oot TRERIS BER) HaF o osdrbad s imhadie B Sl bsitrg ™ 111 D

<si p: User BQt here. comr Contact: sip:+1-972-55S 2222@w . wcom eony user =phone
information. In order to do so, the preferred embodiment adds another field header to

5 the REGISTER message, the “Feature” field header.

In order fo 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 abave; 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 conceming the server's capabilities. The BYE
message is used by the client to indicate to the server that it wishes to release or end

15 the calf. The CANCEL message is used to cancel a pending request.

The REGISTER message can be understood as a “log on” message, although it
has many more uses. Aé 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 mulﬁmedia communications. This “I'm here”

button would send a REGISTER message to the SIP server. That may or may not be
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Contact: tel: +1-972-555-2222 Authorization: Digest usernane="UserB",

real m="MCI Worl dCom SI P', 20 nonce=Mea9c8eB8df 84f| cec4341laeCGcbe5a3S9",
opaque-"", WO@/M44®0D. €S2.wcom care, PCT/US00/41969
response="df e5613l dl 9S8046689cd83306477ecc"” Content-Length: 0 25 An exact
description of the header fields Is contained in RFC 2543, but such detail
I s unnecessary for conpl ete understandi ng of the present invention.
However. as an aside, the Authorization field header |Is used to validate
that an authorized user is naking the registration. -10 WO 01/44890

PCT/ USO0/ 41969 In a preferred enbodi nent of the present invention, another
field header is added to the REG STER nessage that would carry feature

trol inf tign. Thi | d all t G STE t f th
i | orfalowed upviitia reins B velkationton e ST serve o lasumarves lieio,

exanple, If the user in a | P-based PBX system 5 press t he utton, a
pr oper | ywptksiauttbg SiPgenvervill gagistgethat usenandithg Hﬁﬁﬁ%ag‘gﬁ?&s s %%'Bm%’e,
i.e. telephone, to the SIP Proxy Server, as shown by (1) in FIG 2. The

REG STERdatabasgysothat epllsaa hapropelly mutedy f ornat (bol d added to show new
header):

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 mare
contact locations to the SIP server. An example of a REGISTER meassage, in which a

user named “Bamey” is using to log on to a SIP server, is below:

10 REGISTER Bip:ss82.wcom SIP 2.0

Via: SIP/2.0/UDP there.com:5060
From: Barney <sip:UserBethere.com>
To: Barney <«<sip:UserB@there.com>
Call-ID: 123456789@there.com

15 CsSeq: 1 REGISTER
Contact: Barney <sip:UserBe@there.coms
Contact: sip:+1-972-555-2222@gwl.wcom.com;user=phone
Contact: tel: +1-972-555-2222 .
Authorization:Digest username="UserB”, realm=*MCI WorldCom SIP¥,

20 nonce=*eadc8eBfdfB84flcecdilslaetcbhes5ais9’, opaque=~™,
uri=*gip:882.wcom.com”,
response="dfeS6131d1958046685¢cd8330D6477ecc”
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.
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to REQ STER sip:ss2.wom SIP 2.0 Via: SIP/2.0/UDP there.cotn:5060 From
Barney <si pwhlgfiddsyst here. corn> To: Barney <sip:User B@here.con> Call-ID
123456789(r)there.com 1S CSeq: 1 REG STER Contact: Barney PCT/US00/41969

csi p: User Bat here. con> Contact: sip:+1-972-555-2222egw . wom com user—phone
Contact: tel: +1-972-SSS-2222 Authorization: D gest usernanme="UserB",

real m="MCI Worl dCom SI P', 20 nonce="ea9c8e88df 84f | cec4341ae6ebe8a359",
opaque="M uri ="sip:sa2.wom coni, response:"

df e56131d1958046689cd83306477ecc" Feature.' dnd; status-active
Content-Length: O 25 This Feature field entry would tell the SIP server to
change the "dnd" feature status to "active". Thus, the SIP server would

(pou L e el R L of el 3B T/l oo
added to the REGISTER message that would carry feature control information. This
would allow the REGISTER message to perform the édditio_nal functions required to
emulate a traditional PBX system. For example, if the user in a IP-based PBX system

5 pressed the DND button, a properly formatted REGISTER message is sent from the
end client device, i.e. telephone, to the SIP Proxy Server, as shown by (1) in FIG. 2.
The REGISTER message would have the following format (bold added to show new
header):

10 REGISTER sip:8s82.wcom SIP 2.0
Via: SIP/2.0/UDP there.com:5060
From: Barney <sip:UserB@there.com>
To: Barney <sip:UserBethere.com>
Call-ID: 12345678%@therxe.com
15 CSeq: 1 REGISTER
Contact: Barney <sip:UserB@there.com> _
Contact: sip:+1~972-555-2222@gwl.wcom.com;user=phone
Contact: tel: +1-972-555-2222
Authorization:Digest username=*UserB”, realm=“MCI WorldCom SIP"
20 nonce="ea9c8edsdfs4flcecsislae6cbe5a3ss", opague="*,
uri=*gip:882.wcom.com”,
regponse=*dfe5613141958046689cAB3306477ecc”
Feature= dnd; status=active
Content-Length: 0

This Feature field entry would tell the SIP server to change the "dnd” feature
status to “active”. Thus, the SIP server wauld know to send all incoming calls for

Barney to Bamey's voice mail box. This aflows the user agent client UAC fo be “thin":
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PCT/ US0O0/ 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 exanpY@9144890 p_pased desktop . tel ephone) will sinply ERuSoodlS
network server to provide the feature. Wien the SIP server (38 69
appropriately updated its tables and database, the SIP server sends (2) an
5 OK nessage to the user agent client UAC to confirmthat the feature
status information has been updated. The OK nessage woul d have the
followi ng format (bold added to show new header): SIP 2.0 200 K 10 Vi a:
SIP/2.0/UDP there.com 5060 From Barney eeip: UzerB@ here. con> To: Barney
csi p: UserBethere.conr Call-ID 123456789@here.com CSeq: i REQ STER 15
Cont act: Barne er BQx here..conp, Co

<si,p: act; .

si p: +1- 9730 stherwordsuthe Usepaaentqligatwil 'i\%ve fesd Al the FEX fealurgs fo dis.own, , ,
Feature= dad; status=active Content-Length: 0 20 V\h%p gB&d aor’l&gne attenpts
to cal | Baprotegol. sinsteads the usear agrpboiieapfie aur examale, an IP-based desktop

telephone) will simply tell the network server to provide the feature. When the SIP

sérirer has appropriately updated its tables and database, the SIP server sends (2) an

5 OK message 1o 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 <sgip:UserB@there.com>
To: Barney <sip:UserB@there.com>
Call-ID: 123456789@there.com
CSeq: 1 REGISTER
15 Contact: Barney <sip:UserB@there.com>

Contact: sip:+1-972-555-2222@gwl.wcom.com;user=phone
Contact: tel: +1-972-555-2222

Feature= dnd; status=active
Content~Length: 0

When (3) someone attempts to call Bamney, 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 messa.ges to be entered into the voice mail
system. The SIP server will then (4) redirect the incoming call to the voice mait

25 messaging system. Then the (5) voice mail system will send an OK message to Frank

in order to inifiate a connection.

-12 -



using a SIP-enabled client device, the SIP server wll refer to its updated
tabl es andwgiaygaggse and find that Barney w shes his nessages to be entered
into the voice nall system The SIP server will then (4)PEHUSW0BL69t he
incomng call to the voice mail 2S nessagi ng system Then the (5) voice

mail systemw ||l send an OK nessage to Frank in order to initiate a
connection. -12 WD 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 REG STER nessage containing this

Eg(r’j‘tegniengi gb\ﬁ' pr eve% Lrgs L"H?ﬁe %ue nu%ﬁfﬁ%&éﬁ?gﬂ&g@ 1irom calling the
[ﬁ% ;EW f

géggndﬁlﬁ@e‘%{n&‘ﬁa&?unc{a &E‘ﬁ&f hggro\%}{sg!w rifgﬁ?%tgale?’eﬁgmngpform

T

oot ot S SR o Kl BOE o BowERBREE B ch s performed i a peX

system and easier to 15 understand. Furthernore, it's nore intuitively

obvi ous what "dnd; status=active" neans than the traditional 1720". Wile
the present Invention has been described in detail with reference to the

praf er FEGEUREEIFRERER: | fataragtixes, beht 447 HF5PPCat#bA. Thus, it is to be
cl dady

The REGISTER message containing this Feature field entry would instruct the
SIP server fo 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 fraditional 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 "*720".

While the present invention has been described in detail with reference ta the
preferred embodiment, it is a8 mere exemplary application. Thus, it is to be cl8arly
20 understood that many variations can be made by anyone skilled in the art within the

scope and spirit of the present invention.
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20 understood that many variations can be nmade by anyone skilled in the art
within the scope and spirit of the present invention. -13 WO 01/44890

PCT/ USO0/ 41969wowlitéseed S CLAIMED | S: 1. A system for providi feature
status information in a Session Initiation Protocol (SIP) égkﬁﬂwﬂ8?Mork
sai d network having nmessages including at | east one 5 field header,
conprising: neans for adding feature status information as an additional
field header to a nessage. 2. The systemas recited In claim1. further
conprising: 10 a client nmeans that a user operates to initiate a session.
said client neans sending and receiving requests froma server neans; and
a server neans for receiving a request, determ ning where to send a
request, 2ﬁ&g§ﬁﬁ#§i2ﬂﬂﬁ request; wherein said message containing said
feature st ' 4 s sent between 15 the client nmeans and the
server nmeans. 3. The systemas recited in claim1l1, further conprising: a
client nmeans that a user operates to initiate a session, said client neans

For rogel ving. & 1 dhBEL RO Rl ABHE T FElNg m RS hd Bupiba > oo

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 cliant means and the server means.

3. The system as recited in claim 1, further comprising:
a client means that a Qser operates to inifiate 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-
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and informng said client neans where to send the request; -14 111~11 WO
01/ 44890 PCT/ USQQO 41969 wherein said nessage containing said feature
status i nNSYIH#I89N i s sent between the client neans andpChweseoensser neans.
4. The systemas recited in claiml, further conprising: 5 a SIP server for
providing features and for receiving.the nessage with feature status

I nformati on; wherein said SIP server inplenents the features according to
the feature status information contained in the received nessage. to 5.
The systemas recited in claim1, wherein said additional field header .
containing said feature status information is added. to a REGQ STER nessage.
6. The systemas recited in claiml, wherein said SIP based network
initiates telephony sessions. is 7. The systemas recited in claim®é.
wherein a MH@akﬁm&qg@rmMajnim saiddeatueestatus information isrsenkbetweeni s cal |
forwarding. B. The systemas recited in claim6, wherein a feature

cor r edhepligntgneanstand the@efvesimaansst at us I nformation is call blocking. -15

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.

10 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.
15

7. The system as recited in claim 6, wherein a feature corresponding to the

feature status information is call forwarding.

8. 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 systemas recited in claim®6, wherein a feature corresponding to the
feature statUQoV4#B% mation is call screening. 10. A nethod perusdaysdi g
feature status information in a Session Initiation 5 Protocol (SIP) based
network, said network having at |east one user agent client (UAC), at

| east one SIP server for inplenenting features, and nessages including at

| east one field header, conprising the steps of. adding feature status

i nformation to a message fromthe UAC to the SIP server; transmtting said
nmessage to the SIP server, and 10 i nplenenting said features according to
the feature status information in said nessage. 11. The nethod as recited
in claim10, wherein said UACis inplemented in an end client device used
by a user, fur®hEhe systemiasiregitechia claim®, wherein 3 featuracprgspandingtadhg c| i ent
devi ce what feature status changes the user wishes to nmake; and creating

f eat ure Jeatue statioinfermationfis coll scréeningdi cati on. 12. The nethod as recited
in claim10, wherein said feature status information 20 has a feature
status field header. T1ITTITITTTTI

10. A method for providing feature status information in a Session Initiation
5 Protocol (SIP) based network, said netwark 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 fo 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:

15 indicating to the end client device what feature status changes the user wishes

to make; and

craating 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.

o IR



16 C' C' WD 01/44890 PCT1US00/ 41969 13. The nethod as recited in claim
10, wher ei goSfusbogressage with added feature status Information is a

REG STER nessage. 14. The nethod as recited in claim10, RERuSMI9%RI d S| P
based network initiates. 5 telephony sessions. 15. The nethod as recited
in claim10, wherein a feature corresponding to the feature status
information is call forwarding. 10 16. The nethod as recited in claim10,
wherein a feature corresponding to the feature status information is call
bl ocking. 17. The nethod as recited in claim10, wherein a feature
corresponding to the feature status information is call screening. 15 1 S’
A systemfor providing feature status information in a Session Initiation
Protocol (SLP) _based network, said network having nethod . pes es including
at least IR tf‘%,e met&oddsfﬁe#@:m@?aﬂ' %NE!EE'"P@ ge@g@fp@ﬂd met hod
message having at |east one field header, conprising: 20 at |east one user
agent desturs stalis infgragtian, is4REGISHER Mmessp@eneader to add feature status
informati on to a REG STER nessage, said user agent client sending said -17

14. The method as recited in claim 10, wherein said SIP based network initiates

5 telephony sassions.

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
18. 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 u_sing an additional field header to adfi feature

status information to a REGISTER message, said user agent client sending said

-17-
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nmessage to at | east one SIP server; said at | east one SIP server for

recei vi ng sMODIREOP STER nessage fromsaid at | east one useafcTagsebiegd i ent
and for inplenenting features according to the feature status information
| - said REG STER nessage; and 5 at | east one said network for transmtting
nmessages between said at | east one user agent client and said at | east one
SIP server. 19. The systemas recited in claim 18, wherein said network
initiates tel ephony sessions. 10 20. The systemas recited in claim19,
wherein said features include one of call forwarding, call screening, and
call blocking. 15 111121211121121 1t12121121121 5112111~ L _lg_

REGISTER message fo at least one SIP server;
said at feast 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

L LA
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