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* Integrate Telephony Services with
— Web
— Emall
— Instant Messaging & Presence
— Text Chat
— Interactive Games
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* Internet Services|v] Integrate Telephony ServicesH) i it

— MSWindows Messenger (f3FiMSN. Live) . EiHQQ
(IM/Presence 5 SEI 22 GEAREAS Rl
— Skype (LHPSTNAH.IH)
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 Session Invitation Protocol (SIP)
— Mark Handley / Eve Schooler
— 199642 H {24 IETF
— The SIP isasimple protocol designed to enable the
Invitation of usersto participate in such multimedia
Sessions.
R TG IS R s B
{5 IS ABLFRT R IY 32 ST A 2
« Simple Conference Invitation Protocol (SCIP)

— Henning Schulzrinne

— 199642 J] &4 IETF

— R T RARRI PR R AREE (Proxy) A
¢ 1] (Redirect) #i:(; FEH PR sh1E (Personal
Mobility) ; SHTTPRLIFIME S1ELE S 1
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« Session Initiation Protocol (SIP)
— 19964, SIPFISCIPIPI Mt & F, NAEH
£, RSP VAR A4S Draft

— MMUSIC (Multiparty MUIltimedia Sesslon
Control) Work Group
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SIP:Session I nvitation Protocol
SCIP:Simple Conference I nvitation Protocol

- &§3FSIP/SCIP — SIP (Session Invitation Protocol)
FER: MMUSIC: SIP-01 Draft
4L INVITE. Forking. Redirectfg/s

From. To. idxPathgg /)

¥4SI PRI 43 A BB 45«
FLAKE 14 (Basic Specification)
¥ BB % (Extensions)
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|

SDP5E R HELL
RFC2327 SDP: Session Description Protocol

W

|IETF SIP GW M. (Session I nitiation Protocol GW )
SIPH A RISIP GWHE—B K B

S PE—ANExtensions& A i
RFC2976 The SIP INFO M ethod

SAPIRES bR TE B

RFC2974 Sesson Announcement Protocol
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|IETF SIPING GW AL (Session Initiation Proposal | nvestigation GW )
& SAE F S| PSP N B AH BT S| PY R

RFC3262 Reliability of Provisional Responsesin the SIP ]
RFC3263 SIP: Locating SIP Servers

RFC3264 An Offer/Answer Model with the Session
Description Protocol (SDP)

RFC3265 Sl P-Specific Event Notification ‘L
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RFC3311 The Session Initiation Protocol (SIP) UPDATE Method
RFC3372 SIP for Telephones (SIP-T): Context and Architectures
Best Current Practice

y—‘ RFC3398 | SUP to SIP M apping
RFC3428 SIP Extension for Instant M essaging (M ESSAGE)

F| RFC3515 S|P Refer M ethod

RFC3665 SIP Basic Call Flow Examples 1
Best Current Practice
RFC3666 SIP PSTN Call Flows
Best Current Practice
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— Basic Specification & Extensions
e SIPWG

— RFC2976 INFO

— RFC3261 SIP

— RFC3262 PRACK

— RFC3265 SUBSCRIBE NOTIFY

— RFC3311 UPDATE

— RFC3428 MESSAGE
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« SIPPING WG
— RFC3372 SIP-T
— RFC3365 Basic Call Flow
— RFC3366 SIP PSTN Call Flow
— RFC3725 3PCC
— RFC4353 Conference Framework
— RFC3824 Using E.164
— RFC3959/3960 Early Media
— RFC4083 3GPP requirement
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SIMPLE (SIP for Instant Messaging and Presence
L everaging Extensions )
— RFC3856 A Presence Event Package
— RFC3850An Extensible Markup Language (XML) Based Format
for Watcher Information
MMUSIC
— RFC2327 SDP
— RFC3264 An Offer/Answer Model with SDP

IPTEL (IP Telephony)

— RFC3880 CPL: A Language for User Control of Internet
Telephony Services

— RFC3219 Telephony Routing over |P (TRIP)

SPIRITS (Serviceinthe PSTN/IN Requesting InTernet
Service)

PINT (PSTN and Internet Internetworking)
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SIP Basic Specification
RFC3261 SIP SIP-PSTN Interactive Extension
RFC3264 Offer/Answer M ode RFC2976 INFO
A~ RFC3262 PRACK
| RPEC2AM1 IIPDATE

SIP Conference Extension
RFC3265 SUBSCRIBE NOTIFY
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RFC3515 REFER S
SIP Instant M essage & Presence Extension K
RFC3265 SUBSCRIBE NOTIFY [

RFC3428 M ESSAGE

jl P Applications Extension

RFC3880 CPL: A Language for User Control | /=
of Internet Telephony Services
RFC3725 3PCC
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Keeping SIP “CLEAN”

« SIPKE ST R
— Yes, We support SIP, But have some
— “Everything over SIP...”

+ RFCs “JRE”
— There are too many RFCs
— Do you support RFCxxxx?
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« SIPfor everything — just because it’s there. ..
— Don’t SIP Everything
— Keep SIP Clean
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\

SIP isan application-layer control protocol that can
establisn, modify, and ter minate multimedia sessions
(conferences).

SIP transparently supports name mapping and
redirection services, which supports personal mobility.
SIP supports five facets

— User location

— User availability

— User capabilities

— Session setup

— Session management

SIP d0es Not provide services
SIP does Nnot offer conference control
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— www.ietf.org
— www1.cs.columbia.edu/sip/defaul t.ntm
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