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1. Field of the Invention PCT/US00/ 41969 The present invention relates
gener al | y WQOW4489% j e| d of Internet nultimedia and single mPETAIS00/41969
comuni cation, and, nore particularly, to a method and system for

provi di ng feature-based services using the Session initiation Protocol. 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 conmuni cation 15 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 s to a wi de range of
services, not nerely the %bﬁéﬁ?ﬁﬁéﬁﬁﬁﬁg(@bﬁ V%{:l%tl . In general, it
refers to the transport of real-tinme nedia, such as voi ce and vi deo, over
the Internet to provide interactive communication anong - 1 15 APR 2004 WO

01/ 44890 PCT/ US00/ 41969 Internet users. Users may access the Internet
through a varioty of meaBACKERQUNGOF THE INVENTION

5 1._Flold of the invention

The present invention relates generally to the field of Intermet 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. Deseription of the Related Art

The 1ast 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
15 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 Intemet. Internet telephony refers to a wide range of services, not merely the
20 traditional telephone call. In general, it refers to the transpart of real-time media, such

as voice and video, over the Internet to provide interactive communication among
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conputer (PC), a stand-alone Internet Protocol (IP)-enabled device, dr; B¥en
by diaLin%g?up fo a gateway fromthe handset of a traditional Public

Swi t ched Q8 Network (PSTN). 5 The advant ages of | P treiragsionidsar e
quite sweeping. It offers high-quality voice conmunication, inproved
mul tipl exing gains, rich conputer tel ephony integration. advanced
services, an open market for providers, and reduced cost. Mst of these
advantages flow fromthe fact that |IP tel ephony is packet-based, rather
than circuit 10 based, |ike the present phone system In a circuit-based
communi cation, such as a phone call on traditional equipnent, an actual
connection is maintained between the caller and callee through sw tches
and wires. In a packet-based communi cation, the comunication itself is

ok R 0 O el A, BV Euan IR of i s oot

Ition, “I P tel ephony uses nostly text
| 5 based protocols, which allows fo asy, Javl ement.at i | I n
| anguagemputerci Gls asioa-2iene (nipmepErotooiHUP FafaBRY ik 2 evef Biiaido
tel ephony are al so designed to operate independently of_one anohggk. Thi s
means yhdb Hgatevady from thechamiset bf altraditiona) Bublic Sovitshed: Telephpne B of

devices, fromcell and desktop tel ephones to TVs, stereos, and conputers,

becausip§g§nl ower, physical layers will take care of the 20 differences. -2
WO 01/ 44 PCT/ US00/ 41969 Currently, traditional PSTN tel ephony uses SS7

((S%stem Signalling 7) as the signalling protocol which establishes,
centrols, and tears down circuit connections. IP

The advantages of [P telephony are quite sweeping. It offers high-quality voice
communication, improved muitiplexing 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 r_:ircuit- -

10 basad, 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
calier and caliee through switches and wires. Ina 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, IP. telephony uses mosily text-

15 based protocols, which allows for easy implementation and debugging in languages
such 25 Java, Tcl, and Perl. The layered protocols in 1P telephony are also designed to
operate independently of one another. This means that one can use the same higher-
layer protocol in a wide range of devices, from cell and dasktop telephones to TVs,
stereos, and computers, because the iower, physical layers will take care of the

20 differences. .



tel ephony uses SIP (Session Initiation Protocol, RFC 2543) as the 4 OORER g
signal |ing protocol for telephony, videoconferencing. and nultinmedia” '
se'ssi ons. " B4FW i des for establishing and rel easi ng connBETAUSHESIE The
SIP protocol is a text-based protocol that works above the transport |ayer
in the TCP/IP (Transport Control Protocol/Internet Protocol) stack. SIP
can use any transport protocol. including TCP (Transport Control Protocol)
and UDP (User 10 Datagram Protocol) as its transport protocol. In addition,
SIP can also work with ATM AAL5 (Asynchronous Transfer Mdde ATM Adapti on
Layer 5), IPX (Internet Packet eXchange), franme relay or X 25 transport
protocols. There are two conponents in a SIP network: network servers and
user agents. 1S A user agent is an and systemthat acts on behal f of

soneone who, wants to i & ' isas $B7 ¢Bystea Signalling; 2) ag s
cont ai ns b&‘-!f’eamf%gﬁ?@%ﬁa(‘:ﬁ en Fe('%%‘??ru ag?ent gl ivent UAC) which initiates

a-call and a protocol server ser _agen Lidon cifuiticonnestionsisiR o a
cal | (sigrealingspratpeotiwhbich agtabl sd‘i"?'ﬁg:’rl%n tt&%gss of network servers as

wel | : a proxy server, which receives re : [yt i pEstbESr to
send itb,éﬂmnqmwmstm@esmqumﬁmﬂgg%é %@t’%s[ﬂég%ﬁ%ct ‘gégpver, whi ch
recei ves requests, but instead of forwarding themto the‘ﬂ.ggé op server,

E“e'r 'ei t@gg&#ﬁ{.}t&o\g?ﬁ%@%dﬂm aneenultiopedia sPFsions : SiRpre 01/ 44890

5 astablishing and reteasing connections.

The SIP protocol is a text-based protoco! that works above the transport layer in
the TCP/P (Transport Control Protocol/intemet Protocol) stack. SIP can use any
transport protocol, including TCP (Transport Control Protocol) and UDP (User

10 Datagram Protocol) as its transport protacol. In addition, SiP can also work with ATM

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

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

There are twd 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 both a protocot client (a user agent client
UAC) which initiates a calt 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 10,

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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SOADD 9nm
The steps in Initiating a session are fairly sinple: as shown in FI &‘1‘) [(1',“’ :
(1) the %%ﬁg an INVITE request to a SIP server, which_in this case,

is a proxy SeVVRT. 5 The SIP server will look in its databaf&T{&HA%P ni ne
where to send the INVITE 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, inreality; there could be a nunber of hops
between the SIP server and the callee. If the SIP server was a redirect
server, it would informthe UAC what the appropriate next hop is, and |et
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. Wen the caller UAC receives the OK nessage,

i ndicatjing,the callee has received the INVITE, (5) the UAC sends an ACK
messagBif®@-ch, when (6) received, will start the session. 15 However,
there are difficulties in mgrating all the current services of traditional
t el ephone networks to Internet tel ephony and SIP. In traditional networks,

the Private Branch Exchange (PBX) is the corner nEies PEYS) W ce
conmuni cat i qhenstepsrikiimijatinga Ser‘-i§{°§rft“€,fa‘§VI3?'Pﬁ§' %Irsrp g);fg{e?q;‘t a f)(u)si ness

wi Il have phones at their 20 desk connected_to, a PBX which r?grsgfvéfhe
cal | s, hg@(#,e%gsva{ AQVITEE request toafSiPssesverewhidkinthieSaserid 8 RIS Senent of
traditi"’(')nal Xs wth I P-(Intenet Protocol)-based PBXs -4 V\Do\l/é 890 1 J

8, ko SRS 1 et s nmesassore e
Once that is determined, the proxy gerver sends the INVITE message to the
approprate 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.r if the S|P serverwas 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) r_eceived. 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 traditionat networks, the Private
Branch Exchange (PBX) is the corerstone of business voice communication
networking. For instance, all the employees at a business will have phones at their

20 dask connected to a PBX, wh'ich routes the calls, handles voice mail, and offers other
servicas. The replacement of traditional PBXs with IP-(Intemet Protocol)-based PBXs
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tel ephone that they previously had fromtheir traditional PBX tel eph ne.Aqu!
(AR

exanpl e of, { pe of services traditional PBXs offer is the Do Not '+
Di sturb S&Peﬁﬁdé%.

Do Not Disturb (DND) is often inplenent etCHYS/433¢% on
that a user presses so that all calls will be automatically forwarded to

the user's voice mailbox. In a traditional PBX a DND command nessage isS
generally sent fromthe desktop device to the PBX. which then
automatically forwards all calls to the voice mail system But, in an SIP-
based I P tel ephone network, the desktop tel ephone, or, nore exactly, the
user agent to server UAS, would performthe forwarding. Although this works
I n many cases, it assunes the end client device (in this case, the

SI P-based | P desktop tel ephone) has a DND capafi.liiyenihies Masktopot
assur egy rgﬁﬁfréftlﬁ‘éﬂhetdwr@ hiase m&leémeﬁﬁmﬁe%ﬁgﬁba{rﬁneéﬂn‘g ®Method for

tradi ttonal” PBX services, such as the DND fq%r‘:g%iéglﬁsﬁgngl I ent devi ces,
such as Sl P-bage Fe?‘ft% 84 N tveir, traditt t he end client

devi ce@ﬁ‘ql@"%@"#m‘{ygapa Lﬁ“{ty. In addition, there are other features in
traditional PBX systens 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 f b othie-Dha dded Digturb
servi ce. Exepm)bggmiplmbtrdmﬁyno@ﬁ@?ﬂ'%ﬁra‘gg?'ﬁ)alfﬁﬁrog{sng, when the user

wi shes to forward all calls to another nunber/addr , iddrprabsesnbo
f oy war ? ”g,r V"?d‘th'ﬁiétﬁﬂi (DNDY mm@emenﬁﬁﬁ&f%g&qaﬁhé?to f orwar d
sohe cdPRYGn er certain conditions; call bl ocki ng, \/\/nen,l!"zt“{"}'(gI tﬁségrad‘mms
to block certayn addr essgmaRuRRPoMbided tathegseds Voiee AR I ECFeent ng,

' the PBX,
PBX, a DND command message is generalty sent from the desktop device to the

i i in an SIP-
which then automatically forwards all calls to the voice mail system. But, in

user agent
based IP telephone network, the desktop telephone, or, more exactly, the 9

i 1 ses, it
10 server UAS, would perform the forwarding. Although this works in many ca

nejhas a
assumes the end client device (in this case, the SIP-based [P deskitop telephone)

i m and
DND capability, which is not assured. Therefore, there IS 3 need for a syste _

i lient devices,
method for traditional PBX gervices, such as the DND feature, in end clien

i [ avices
such as SIP-based 1P deskiop telephones, without assuming the end client d

15 have this capability.

iti ira the
in addition, there are other features in traditional PBX systems that requre

i | es effect
network server to be notified of status changes. especially when those chang

i rk-based
the session/call setup handling for a user that has signed up for a netwo

' ishes to
20 service. Exampies include unconditional call forwarding, when the userw

iti [ hen the user
forward alt calls to another number/address; conditional call forwarding, W
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the user wishes to prevent calls fromcertain addressi nunbers from g}@qlpq
recei ved- g?ereaﬁre, a need exists for a nethod and systemfor the user '
agent to NOAVH#¥he 5 network server of feature status chan§EEUSAYHIR6Y s

DND, call forwarding, screening and blocking. SUVMMA O TJJr: | NVENTION 10
An object of the present invention is to provide a system and method which
allows the network server in a SlP-based tel ephony network to perform al

the functions of s traditional PBX system Another object of the present
invention is to allow traditional PBX functions to be is perforned in a
network, w thout requiring that the end client devices in that network be
able to performall of these functions. A further object of the present
invention is to provide a systemand nethod for notifying ne r ervers
of chag%%% @@%ﬁé}&;%@%gm«mmﬂm @r@ahﬂ%eaﬁp'%é%-d?“%h‘gﬂﬁ'; .6 WD
01/ 44% 00/ 41969 In order to fulfill these and other Ob.e&%ﬁ?ﬁthe

present inventiop provid hetss frant Beingecatie®; andicad sicreaning be
used fisheflq W’P é%q%l'%ﬁére%gﬁ@ps of changes to feature information for a

particul ar user or device. This extepsi | SRedhiseing roceieed.r a
fi el dthe agder wistidset pw&ﬂh%“%f’m gg%e‘gﬁl end client to informsS the

network server of feature changes. rather than perfor méfﬂ%%gﬁ es
i t Sel fayarefore, 2 need exists for a methad and system for the user ag

5 network server of feature status changes, stich as DND, call forwarding, screening and

blocking.

sy 8] INVE

10 An object of the present invention is to provide a system and method which

aliows 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

15 performed in a network, without requiring that the end client devices in that network be

able 1o 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 of

20 device.



WO 01/ 44890 BRI EF DESCRI PTI ON OF THE DRAWRI NGS PCTI USOQO 41969 The abqveﬂ@npq_b
ot her objects, features and advantages of the present 5 invention will1™"
become mor¥OaWABPnt fromthe fol | owi ng detailed descripti orPCHEsPV4i%en in
conjunction with the acconpanying drawing in which: FIG | shows the
conponents of a Sl P-based system and an overview of initiating a session,
and 10 FIG 2 shows a use of the REG STER nessage according to an

enbodi ment of the present invention. DElIAI LED DESCRI PTI ON E PREFS

EMBODI MENi a 15 in a traditional PBX system when the end-user wanted to

nodi fy or begin use of a feature. such as DND, the tel ephone unit would
send a nessage with special digits that indicated the feature control

i nformation. For instance, the DND button mi ght send a "*720', nessage,

which tells |/ 24 & ottt dBjbRts sthepresent invientighBrYides 8 nsi on-
Rel easi ng thiggﬁﬁét%?gg%rﬁééﬁ gend a "@20" message, which tells the 20

PBX to deactivate the DND f R Rtifyihe Rehoork serversoal 44890 1
-j A spxensiopip Mﬁ@ﬁ?&ﬁ%&%@apﬁr‘%@%ﬁed errbwgdignent of the present
invention uses one of the nessage types (RE ggﬁgst ShbAsION, hich s |
S| P t o changes b featypeinformation; a&ﬁ{ﬁ&?}pr&‘ﬁﬁl’%’? T o‘nﬁfsn order to do so,
the preferred enbodi ment adds another field header to d client to inform
consists of an exira field header called “Feature®, would allow an end ci

>

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



5 the REGQ STER nessage, the "Feature" field header. in order to nore fiu] kpn mns
ur]derstanq,d(ﬂ% ppeferred enbodi nent, a brief discussion of the various
types of method Messages in SIPis in order. |NVITE and ACKPSTA'SOHI9%%et hod
nessages that were nmentioned above; other nethod nessages include 10

OPTI ONS, BYE. CANCEL. and REGQ STER. The I NVITE nessage indicates that the
user or service is being invited to participate in a session. The ACK
nmessage confirms 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 capabilities. The BYE nessage is used by the client to
indicate to the server that it wishes to release or end IS the call. The
CANCEL nessage is used to cancel a pending request. The REAQ STER nessage
can be understood as a "log on" nessage, although it has nmany nore uses.

As an exanple, a desktop tel ephone could be designed with an "I'm here
button for indicating NEITYE THEDRAWINGD I s actually at that
phone 20 and ready to p alls and other multinedia

comuni cations. This "I'mhere" button would send a REA STER nessage to

the SIP server. That may or may not be ~ g . 1 J fiPE~ 2~1iL WO 01/44890

PCT/ US00/ 41969 foll owed up with a request for validati fromgt sent
server to i My catpovaaand othert objects.wiralyresand I"%&Qr%%gee’rsve@rf lrv'ﬁ I%rg

regi ster that user and the user's address in the SIP server database. so

that calls canh%lﬁlts)%%@rsl éogg@%reﬁt fangﬁ'i@lf@llowmggﬂetailad deseiiplien when

vdl i dadBv¥epfion er agent for user services provided by
the SIP server. Additionally, the user agen rovi.des .one or nore
taken in conjunction with the accompany"qg Jra&nng 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.

ILED DESCRI E PREFER QD

15 In a traditional PBX system, when the end-user wanted to modify or begin use of

2 feature. such as DND, the telephone unit would send a message with special digits

that indicated the feature control information. For instance, the DND butten might send

4 ~*720" message, which tells the PBX to activate the DND featura 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.



contact locations to the SI P server. An exanple of a REG STER ness

e1‘\[]j'\r1}‘.ﬂ'
which a yser naned "Ganey" is using to log onto a SIP ser% gos:gﬁy ot
to REG STER 9/48*®8s2. wcom SIP 2.0 Via: SIP/2.4/UDP there.co Gt m
Bar ney <sip:Userli @here.conm> To: Barney csip: UserBethere.com> Call-I1D:

1234567890t here. com 15 CSeq: 1 REG STER Cont act: Barney

<si p: UserB@ here. con> Contact; sip:+1-972-55S-2222@wW . wcom eom user =phone
Contact: tel; +1-972-555-2222 Authorization: Digest usernane="UserB",

real ne"MCl Worl dCom SIP" 20 nonce=' ea9ceeS8df 84fl cec434laebcbe5a359",
opaque-"", uri=18ip: B82. wom cont,

r eaponees” dt e56l 3| dl 9Sg046689cd83306477acc” Content-Longth: 0 25 An exact
description of the header fields Is Contained in RFC 2543, but such detail
S unnecessary for conpl ete understandi ng of the present invention.
However, an aside, the Authorization field header is used to validate

that an authorize i Res diib ¥Q 8age
PCT/ US00 141355 Ff'ﬁ%%‘f%%“@?’rdé'gmr@qgé predeing: “'é“dg?‘e:e o BB messate i her
field head [
' epaese(REl:éISTER) 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

5 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 3 final response to an INVITE message. The OPTIONS
message is a query to the server concerning the server's capabiliies. The BYE
message is used by the client to indicate to the server that it wishes to rete_ase or end

15 the call. The CANGEL 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. 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 raceive 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
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added to the REG STER nessage that would carry feature control infornmat g
This would allow the REG STER nessage to performthe additional

functions
requi red WO ousbmte a traditional PBX system For exanpl e, RAT/AUSD®/4U950r | n

a | P-based PBX system 5 pressed the ONO button, a properly formatted
REQ STER nessage is sent fromthe end client device, i.e. tel ephone, to

the SIP Proxy Server, as shown by (1) in FIG 2. The REGQ STER nessage
woul d have the followi ng fornmat (bold added to show new header): to
REQ STER si p:ss2.wCOn SIP 2.0 Via: SIP/2.0/UDP there.com 5060 From
Barney <sip:UserB(r)there.con> To: Barney <sip:UserB(r)there.Canp

Call -1 D 123456789(r)there-com 15 CSeq: 1 REA STER Contact: Barney 4sip:
Userl | CI her .canr com uaer phone Contact: sip: +1-972'5%$5-2222C~g' w
Cont acf, &%H u %«W ré%?gs%?&%a‘ﬂdfahaﬁ%m tHS 18RRI th Sesuremivacielfiit all

r eal m Ff Com Sl 20 nonce= ea908e88df B4f | cec434| ae6cbe5a359",

dt Zgéiwem%é%%%@éﬁ%\iﬁ% P46 S INE yser's address Iy the SIP server

ratus=active
Content-Length: O
database, 80 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 mare
contact locations to the SIP server. An example of a REGISTER message, in which 2

user named “Bamey" is using to log on to a SIP server, is below.

10 REGISTER sip:ss2.wcom SIP 2.0
Vvia: SIP/2.0/UDP there.com:5060
From: Barney <sip:UserB@there.com>
To: Barney <sip:UserB@there.com»
Call-ID: 1234567B9@there.com
15 CSeq: 1 REGISTER
Contact: Barney <sip:UserB@there.com>
Contact: Bip:+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=~ead%c8efsdfs4flcecsi4laeécbe5al159", opaque=*",
uri=*sip:882 .wcom.com”,

responase-"dfeS613141958046689cdB3306477ecc”
Cantent-Length: 0

25 An exact description of the header fields is contained in RFC 2843, but such
detsil 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



This Feature field entry would tell the SIP server to change the 'gnd"\ o ans
feature status to "active. Thus, the SIP server would know to sen af PR 2

i ncom ng &b D44BRYr Barney to Barney's voice mail box. Thi s PaITIsag/41968 user
agent client UAC to be "thin":

=11. 1 ,P 200& WD 01/44890 PCT/ U500/ 41969 in
ot her 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
exanpl e, an 113-based desktop

tel ephone) will sinply tell the network
server to provide the feature.

Wien the SIP server has appropriately
updated its tables and database, the SIP server sends (2) an 5 K nessage

to the user agent client UACto confirmthat the feature status information
has been updated. The OK nessage woul d have the follow n
added to

19 pESe801 ¢
show new header) ... . ddfirhientioa, agp .

t her e. com 50068 Pfﬁ%?ﬁda% i/r%e'gilcg:t%g?re%(r)tlhere. com> To: Bar ney Thie

<si p: UserBQt here.con» _Call -1 D J@%ﬁl@@é@g&gr}; haitGrecamtralBafgrmatitE=q R 15
Cont acaddBd o dye REGITEERSRFIRALE 6P~ Cont act :

si p: +1- 972- 555-2222@wlwcom con user =phgne %’”é@ﬁiﬁbnél%hﬁdﬂgimmzzz
Feat Ur ggofld Do theURESISTER mesaagmia 8@%@% %

emulate a traditional PBX system. For example, if the userin a IP-based PBX system
5 pressed the DND 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 following format (bold added to show new

header):

10 REGISTER sip:ss2.wcom SIP 2.0
via: SIP/2.0/UDP there.com:5060
From: Barney <8ip:UserB@there.com>
To: Barney <gip:UserB@there.com>
call-ID: 123456789@there.com
15 CcSeq: 1 REGISTER
ip: Bathere.com>
Contact: Barney ¢gip:Usex . i
Contact: sip:+1-972-555-2222@gw1.wcom.com,user phone
Contact: tel: +1-972-555-2222 ) LoornCE Horldcom S
Authorization:Digest username="UserB”, fea T
20 nonce=" eaocBessdfasflcecdlslae6ebe5aldso”, opaqy .
uri-'sip:saz.wcom.com". i}
reaponse-'dfe56131d19580466Bscd83306471ecc
Feature= dnd; gtatus=active

status to “active”. Thus, the SIP server would know to send all incoming calls for

H - nﬁ:
Rarney to Bamey's voice mail box. This allows the user agent client UAC to be “thi
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20 Wien (3) soneone attenpts to call Barney, such as Frank, who happens;rppr?ﬂm
be wusing a SIP-enabled client device, the SIP server will refer to

updat ed t MOEY44838 dat abase and find that Barney wi shes hi sPGrBUstgﬂssgto be
entered into the voice miil system The SIP server will then (4) redirect

the incomng call to the voice mail 25 nessaging system Then the (5) voice
mail systemw ||l send an OK nmessage to Frank in order to initiate a

connection. .i2= WD 01/44890 PCTI U500141969 When usi ng 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' 5 Feature- screen;
status=active; tel: +1-972-555- 1212 The REG STER nessa cant ai ni qu this

its own

L hi
Feature field en t Bhe tenddriltbe X\f%@'é"%"a
screenrﬁd"ﬁﬁdwﬂ"&, %&*& ntehm‘r?ber 1- 972-555- 1212 fromcalling the
user. Cearly, other features ma FabAfed dleskiop i on,
dependi peptoool. Hastaad the wsenagen E&‘?@Fgg%ﬁ‘\ﬁ% drﬁe required to perform
The sol utron provr ded by the pref erred enbodi ng I S c]=

i npl errené Mﬁﬁhipigfﬂ' theasetagek EGJNGTMEPV “‘ afggﬁ'ie'?forrre ’f‘tﬁ a PBX

syst ém an eas er to understand Furt her nor e, nore intuitj %5%“
obvi ous What "dn% ﬁ}r‘ﬁﬁ .tgwssammmmet.mﬂ‘?mef S Wi
t he preSehYe i RRRAPP ndescrrbed in detail with reference to the

<|[:)|r ;elr ;egKe“rrgggégrrg% the usérsag‘f‘en%lrSnFl’jﬁmoaédhﬁﬁmhbcme featurdrataus inforaatione
has been updated. The OK message would have the following format (bold added to

show new header):

SIP 2.0 200 OK
10 Vvia: SIP/2.0/UDP there.com:5060
From: Barney <sip:UserB@there.com>
To: Barney <sip:UserBethere.com>
Call-ID: 123456789@there.com
e R ey p:UserB@there.com>
arney <si
. gzaz:zz. ilp +¥ 972-555-2222@gwl . wcom. com; -usersphone
Contact: tel: +1-972-555-2222
Peature= dnd; B catus=active
Content-Length: 0O

20
When (3) someone attempts to call Bamey, such as Frank, who happens 1o be
using a SIP-enabled client device, the SIP server will refer to its updated tabiss and
database and find that Bamey wishes his messeges to be entered into the voice mail
system. The SIP server will then (4) redirect the incoming call to the voice mail
25 messaging system. Then the {5) voice mail system will send an OK message to Frank

in order to initiate a connection.
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20 understood that many variations can be made by anyone skilled in the art
within the scope and spirit of the present invention, -13 1 APR 2P[ 1]’ v APR7M™
CLAI VS | . WO AW for providing at | east one PBX type servFPEEYSAV4I%8Rssi on
Initiation Protocol (SIP) based network, conprising: at |east one user

agent client configured to insert a feature field header into at |east one
SIP formatted nessage; and at | east one SIP server coupled to the at |east
one user agent client, the SIP server being programmed to process the at

| east one SIP formatted nessage, the feature field header including a
feature status portion configured to programthe at |east one SIP server

to thereby activate or deactivate the at | east one PBX type service. 2. The
systemas recited in claiml1l, wherein the at | east one user agent client

enabl es - a gl b8nkTehiAle sar? 83 Falforur0idn screentg ocbiosings e Feawrene
at | east one server, the at east one server receiving a request,

determ ni ng where, 1o send r -ahd L) Of thiehsctivatpdefatureai d at
| east field @tﬁ‘ﬁ’el"@?? '%@@ﬁ%ﬁgﬁﬁ?@%ﬁgF&gfﬁﬁure status information
sent between the at |east one user agent .client _and the at |east one

ser ver wgs. callsrregaingnthss Fealre &igld ¢n ﬁ?'ﬂﬁf,pp\ﬁﬁé?gi n the at |east one user
agent client enables a user to initiate a session, send and receive
requests fromthe at | east one server, the at |east one server receiving a
request, determ ning where to send the request, and infor Téng said at

| east e = AEP i chetrivesendlthelr8qests-3ail@ at | east one

S fo&nrfaaattt'{{}gé mss%%g'cggég%i ng saiz feature status infornmation sent
between the at | east one user agent «client and the at | east one server.

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-

1242 from calling the user. Clearly, other features may require more of 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 720",

While the presént invention has been described in detail with reference to the

preferred embodiment, it is a mere exemplary application. Thus, itis to be cléary

20 understood that many variations can be made by anyone skifled in the art within the

scope and spirit of the present invention,
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4. The systemas recited in claim1, wherein the at |east one SIP sdgriver; iig
configured to provide features, and receive the at | east one SIP formatted
message With feature status information, the at |east one SIP server

i mpl enenting the features according to the feature status information
contained in the received at | east one SIP formatted nessage. 5. The system
as recitqsg Afmgl @i m 1, wherein said additional field header containing

said feature status infornmation is added to a REQ STER nessage. -14 |

| ".r, 2nCc 6. The systemas recited in claim1, wherein said SIP based
network initiates  telephony.sessions. 7 system as recited i.n claimé6,
Wher ol 1 4t earheRsted: KECHORGITG 3 lafnand BENA® Sk an i AHaes cal |
forwar di ngetool (3178 bayet RWak, ESthpridag:i N claim 6, wherein a feature
corresponding to the feature status information is call blocking. 9. The
system as r eciat kdstiameaiser agedy clivné canfiguzed todnserica frature Spldrivtadey into at heast
feature stﬁ}% inéowtion, ia call screening. 10. A nmethod for providing
feature SCEPUs IHPLY P8R%i %% Session Initiation Protocol (SIP) based

net work, sai d anda¥se SIRVeR@r dbuplE&Red thee ldasesneagenbgent LidH:, AT syhich s
i mpl emented in an end client device used %ﬁta user, at |east one S|P server
|

for i nplbeignprogrgiecs tfr Brocessnibe b depsteBe SHR ifermatigd amessaggs theofeaturs ield
header, i S| h - .addi ng f eat ' '
e SRR R DB S0 B Bl LB TR b, 2

SI P ser ves therghiplaetient ondeagdvdle theal Wassone ®BX dipagervivet he feature status
information in said

2. The system as recited in claim 1, wherein the at least ong user agent client enables
a user to initiate a session, send and receive requests from the at least one server, the at
least one server receiving a request, determining where to send the request, and forwarding
the request, said at least one SIP formatted message containing said feature status

information sent between the at least one user agent client and the at least one server.

3. The system as recited in claim 1, wherein the at least one user agent client enables
a user to initiate a session, send and receive requests from the at least one server, the at
least one server receiving a request, determining where to send the request, and informing
said at least one user agent client where to send the request, said at least one SIP formatted
message containing said feature status information sent between the at least one user agent

client and the at least one server.

4, The system as recited in claim 1, wherein the at least one SIP server is configured
to provide features, and receive the at least one SIP formatted message with feature status
information, the at least one SIP server implementing the features according to the feature

status information contained in the received at least one SIP formatted message.

5. The system as recited in claim 1, wherein said additional field header containing

said feature status information is added to a REGISTER message.
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nmessage; indicating to the end client device what feature status changes
the user wishes to nmke; and creating feature status information f0dom Salitl
i ndication. 11. The nethod as recited in claim10, wherein said feature
status information has a feature status field header. 12. The nethod as
recited in claim 10, wherein said nessage with added feature status

I nf or matigon i T, 431 T t bt | al.m TO,
wherein s()(é)li d 9él;}l% [E)sgsgeng %ﬁ%?ﬁqﬁﬁ??@gtlés‘bﬁ?e ep (gnsaps%%géll orﬁegvblfkl?{.ﬁ%ggl 11

7UN4 14. tdlhphamgtshssibras recited in claim 10, wherein a feature corresponding
to the feature status information is call forwarding. 15. The nethod as
recited in claim 10, wherein a feature corresponding to the feature status

i nformation i stheadysteR] 8¢ Idcd irl Blaint 8 WIRIIRE RatufeL&drt@Folding tAtHD fBure
wherein a feature corresponding to the feature status information is call

scr eeni ngtatuszinfosmgtien isrpall derwardingdi ng feature status information in a
Session Initiation Protocol (SIP) based network, said network having
met hod nessages including at |least INVITE, ACK, OPTIONS, BYE, CANCEL,

REG STER 8, eacITheadysteiEad AditE &6 alAn R WheekiRt fe@asd corfRforldig) & iR ure
conprising: at |least one user agent client for using an additional field

header t statusdnfosmationis cglllagkingaf or nati on to a REGQ STER nmessage, said user
agent client sending said

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 Protocol
(SIP) based network, said network having at least one user agent client (UAC) which is
implemented in an end client device used by a user, 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;

implementing said features according to the feature status information in said
message;

indicating to the end client device what feature status changes the user wishes to
make; and

creating feature status information from said indication.

11.  The method as recited in claim 10, wherein said feature status information has a

feature status field header.

12, The method as recited in claim 10, wherein said message with added feature status

information is a REGISTER message.

13. The method as recited in claim 10, whercin said SIP based network initiates

telephony s¢ssions.
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REG STER nessage to at |east one SIP server; said at | east one SIP ser

faor

recei ving said REA STER nessage fromsaid at |east one user agent

client and for inplenmenting features according to the feature status
information in said REG STER nessage; and at | east one said network for
transmtting nessages between said at | east one user agent client and said

at

| east one SIP server. 18. The systemas recited in claim1l7, wherei

said network initiates tel ephony sessions. 19. The systemas recited
cl ai m 18,14nherldiermethpdi as eesited és claive [l Qdwhersin ofeatiue porrgsppdingitmthe feature

screenin %tatl?snlgfo%lahor? ) ifgl%‘arding.

15. The method as recited in claim 10, wherein a feature corresponding to the feature

status information is call blocking.

16.  The method as recited in claim 10, wherein a feature corresponding to the feature

status information is call screening.

17. 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:

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
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

at least one said network for transmitting messages between said at least one user

agent client and said at least one SIP server.

18.  The system as recited in claim 17, wherein said network initiates telephony

sessions.

19. The system as recited in claim 18, wherein said features include one of call

forwarding, call screening, and call blocking,

18-
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