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Session Initiation Protocol (SIP)

SIP places new power and control into subscribers’ hands.

SIP Soft Client

Ganericwiteless
Internat
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Session Initiation Protocol

o SIP is originally proposed by Columbia University
and is specified by IETF.

o SIP is an end-to-end application-layer protocol

Establish, modify and terminate interactive multimedia
sessions, e.g., VolP and video conference, between SIP-
based users.

Signaling protocol.
Client-Server framework.

o H.323 is a alternative signaling protocol to support
VolP.
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Features of SIP

o Text-based

Easy implementation in Java or Perl
o JSIP open source library

Easy debugging
Flexible and extensible
o Less signaling comparing to H.323
QoS
o Transport-layer independence
UDP is commonly used.

o Forking a call request
Call forwarding
Parallel rings at different places
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The H.323 standard

functions needed for supporting VoIP in a broader

ironment. Consequently it was revised and H.32
on 2'—'Packet-based multimedia communications
sed 10 19¢ :
has received support than its predec :
particularly network operators and
equipment vendors who have a background in more
traditional telephony. H.323 is not an individual protocol;
rather it is a complete, vertically integrated suite of
protocols that defines every component of a VolP
network—terminals, gateways, gaiekeepers, MCUs
(Multipoint Control Units) and servers with other
feafures. Amongst others, H.323

systems'—was rel . This version of H.
more

among those

uses the following
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standards:
—

H.24!

) terminal
capabili

information on
hannels

All these
forth mes

protocols—involving dozens of back-and-
ages—are called upon in setting up a simple
point-to-point voice call. In contrast, SIP is a simple
protocol that specifies only what it needs to. For
example, SIP works with RTP but does not mandate it.




o Introduction to SIP

o SIP Architecture

o Mobility management
o SIP and 3G Networks

Department of Computer Science and Information Engineering



Four SIP Logical Entities

o User agent

o Proxy Server

o Registrar

o Redirect Server
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User Agent

o User applications
o Both software and hardware
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Type of SIP Servers

o Proxy Server
Application layer router used to relay SIP messages.

o Registrar
Accept registration request from user agent.

o Redirect Server
Redirects caller to other servers.

Typically, “SIP server” implements the functionality of
Proxy, Registrar and Redirect Servers.
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SIP Addressing

o SIP give you a globally reachable address.

Email-like address.

o sip: leonard@a.ntu.edu.tw
o sip: 82828888@a.ntu.edu.tw

o User agents bind this address to Registrar by
using SIP REGISTER message.

o Each user agent communicates with one
another by using this address.
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Generic-message =  start-line
*message-header
SIP messages CRLF
[message-body]
startline = Request-Line | Status-Line

SIP message Description

INVITE Invites a user to a call

ACK Used to facilitate reliable message exchange for INVITEs

_ OPTIONS Solicits information about a server’s capabilities

Request Lﬁ, BYE Terminates a connection between users or declines a call

CANCEL Terminates a request, or search, for a user

REGISTER Registers a user’s current location

INFO Used for mid-session signalling
Class Description Example
1xx Informational: request received, continuing to process the request 100 Trying, 180 Ringing
2XX Successful: the action was successfully received, understood and accepted 200 OK
Ixx Redirection: further action needs to be taken in order to complete the request 302 Moved Temporarily
dxx Client Error: the request contains bad syntax or cannot be fulfilled at this server 404 Not Found
Sxx Server Error; the server failed to fulfil an apparently valid request 501 Not Implemented
BXx Global Failure: the request cannot be fuifilled at any server 603 Decline

Status Line
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Example: SIP Registration

@ [.ocation Server

A

Jinn @ TY3 37 78173

REGISTER sipaptel org SIP/2.0

From: sip:priaaptel org

['o: sip:jirif@iptel org .
Contact: <sip: 1953778 173> @
p < Expires: 3600 @
ke >
& %
lj-‘ SIP/2.0 200 OK

SIP Registrar
(domain iptel.org)
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Example: Session Establishment

IP Address of iptel.org SIP Server

DNS SRV Query

Reply

Fiptelorg

INVITE sip:jiniciptel org
From: sip.Callersip.com
To: sip: jiriaiptel.org

“all-1D: 345678 wsip.com

*IIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIII

A OK 200

[ |
From: sip. Callerisipc
To: sip: priwiptel org

>

()

1

Call-1D: 345678 sippcom

l.ocation Server

INVITE sip:jirie 195 37.78.173
From: sip Callerasip.com

To: sip: priaaptel org

Call-1D: 345678 @ sip.com

L1'SLLE ST

(e

[
[ |

OK 200

From: sip:Caller/u .‘;ir'.c:m
To: sip: jinia@iptel org
Call-1D: 345678 sip.com

-OTT

Proxy

F

ACK sip:jiriaiptel.ore

(aller@sip.com

sip:jiri(@ 195.37.

E
Media }CLTCLllT'I}i
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Example: Session Forwarding

INVITE sip:bobi@macrosoft.com SIP2.0

To: sipzbobi@macrosoft.com : macrosoft.com
From: sip:alicef@wonderland.com e
Call-ld: 1224@a.wonderland.com :  sip.maciosoft.com
Cseq: 1 INVIT SRV _sip._udp.macrosoft.com
Contact: sipralice@awonderland.com ¢ 7 4
c=IMIP4 128.59.19.38 : .
= i . ] INVITE sip:bobi@b.maciosoft.com
a.wonderland.com M=audio 3456 RTF/AVP 0 : Tu:sip:bnb@rr:acrcsnﬁ.mm
1 > © >
s W — 3
= SIPAR2.0 100 Trying SIPF2.0 202 Moved tempaorarily----
: Contact: sip:caroli@macrosoft.com
o F bomcemoo-ooo-ooooodol Py .
- 5IRF2.0 180 Ringing : INWVITE sip:caroli@c.maciosoft.com
: To: sip:bobi@maciosoft.com c.macrosoft.com
- 0 g -
taat SIF2.0 200 QK _0
—
Sy -y HN
A SIFf2.0 180 Ringing T
- . ?I 'y
SIP2.0 200 0K
[ T

From: sip:alicesagwonderland.com

To: <siprbobi@macrosoft.com=:tag=17
Call-ld: 12234 a.wonderland.com

Cseq: 1 INVITE

Contact: sip:carcli@c.macrosoft.com

(10)
ACK sip:carolki@c.macrosoft.com SIF2.0

(1)
BYE sip:aliced@a.wonderland.com SIF2.0 Ry
Csaq: 2 BYE

SIPf2.0 200 OK
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Session Description Protocol (SDP)

o The message body of SIP

o SDP Is used to describe a multimedia
session

= http://www.ietf.org

= g.belld@dbell-telephone.com
= IN ITP4 132.151.1.1%9

= audieo 3456 RTP/AVP 98
rtpmap: 96 VDVI/8000/1

= wvideo 3458 RTP/RVP 31

= application 32416 udp wb
= orient:portrait

v 5 8 » 5 0 @0 O
I

Department of Computer Science and Information Engineering

17



RTP, RTCP, and RTSP

o Real Time Transport Protocol (RTP)
Encode and decode media stream
Recover the possible loss and jitter

o Real Time Control Protocol (RTCP)
QoS feedback

o Real Time Streaming Protocol (RTSP)
Control stored media
VCR remote control

Support play, record , pause, fast forward, and etc.
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RTSP protocol session

cffent

Figure 6: RTSP protocol session
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SIP Interworking with the SS7

PS

aTF

SOPMVITE

ElT1

Eg&ﬂ
Wolce stre s

Department of Computer Science and Information Engineering

Gateway
P
network
Sty
IISUPHP
SIP
MGC A4 SETVEY
ol
GCF H‘ —
| MG S client
Woice|stre st

20



o Introduction to SIP

o SIP Architecture

o Mobility management
o SIP and 3G Networks
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Wireless Technologies Convergence

IP Mobility & All IP ] %
Multimedia Towards HLm
Wireless Internet Network Vision

Access Independence:
2G/GPRS, 3G, 80211,
D51, cable, ...

All IP Network

A

-
-
-
-

Network Independence:
intranet, extranet, - i
miohile, S0OHO \ e

Device Independence:
-\ RF access provided
by wireless HIC

User Addressahility
user@cht.com.iw

[DE\HCE Indepentence: =
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Mobility Management

o Mobility Classification
Roaming

Macro-mobility
o Domain mobility

Micro-mobility
o Subnet mobility
o Solutions
Network layer solution: Mobile IP
Application layer solution: SIP
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Mobile IPv4: Registration Example

Movement

H is at home
Home address#2.0.0. Internet

Care-of-addregss: 1.0.2.4 Home address: 2.0.0.3
2.0.03 Home 2.0.0.3
Agent

H 2.0.0
Foreign Link Home Link
Foreign
Agent
Foreign Link - Correspondent
Host
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Mobile IPv4: CH-to-MH Routing
Example

MH visits a foreign link
Mobile IP kicks in
Home address: 2.0.0.3 Internet
Care-of-address: 1.0.2.4

2.0.0.3

Foreign Home
Agent Agent
| (( 2.0.0
Foreign Link Home Link
Foreign
Agent
Foreign Link - Correspondent
Host
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Mobile IPv4: MH-to-CH Routing
Example

MH visits a foreign link
Mobile IP kicks in Router
Home address: 2.0.0.3 Infrastructure
Care-of-address: 1.0.2.4

Foreign Home
Agent Agent
) 2.0.0
Foreign Link Y Home Link
Foreign
Agent \ J
Foreign Link - Correspondent

Host
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Mobile 1Pv4

o Triangle route problem

o Micro-mobility improvement
Cellular 1P, Campbell in Column University.
Regional Registration, Perkins, Nokia Center.
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Mobile IPv6: Binding Update

Correspondent Nods

Mabile Node ="

Farzign link
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Application Layer Mobility Using SIP

o Terminal Mobility
o Session Mobility
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Terminal Mobllity

D
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home'—
: netwurkj

Bl mobile host
[ correspondent host

P SIP redirect server

(1) sIPINVITE
@ SIP 302 moved temporarily

(3 sIPINVITE
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Terminal Mobllity

foreign
network
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Pl mobile host
B correspondent host

m SIP redirect server

@ SIP INVITE
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Session Mobility

o Allow a user to maintain a media session even
while changing terminals.

(@) BYEA

REFER B2
Referred-By: B1

@ INVITE B2
Referred-By: B1
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o Introduction to SIP

o SIP Architecture

o Internetworking

o Mobility management
o SIP and 3G Networks
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Pure IP connectivity vs. Dedicated
Multimedia subsystem

o Some mechanisms should be defined in 3G to
support multimedia session transfers?
o Market Perspective
Subscriber perspective
Network operator perspective
Third-party service provider perspective
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Subscriber Perspective

o Advantages
It Is free and flexible to choose applications.
Reuse application in wired-networks

o Disadvantage

Trouble to choose the application and service
provider.

The demand of service package and one bill.
Some application may lose QoS guarantee.
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Network Operator Perspective

o Advantages

Operators may not have experience in IP

multimedia applications. They only focus in the IP
connectivity.

o Disadvantages

Circuit-switch revenue will be decayed.

Loss possible revenue for paving basic IP
multimedia application, e.g., VolIP.

Issue of customer dissatisfaction for IP multimedia
applications.
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Third-Party Service Provider Perspective

o Advantages

They don'’t have to bother the peculiarity of
wireless networks. They don not need extensive
knowledge of wireless telecommunication networks
and protocols.

o Disadvantages

They are unable to take advantage of the wireless
network, e.g., user location information.
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IP Multimedia Subsystem (IMS)

o Appear in Release 5 and beyond

o IMS comprises the network elements for
control of multimedia sessions.

o Network operator provides both
IP connectivity
Multimedia session management
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Basic Add-in Features

o Call State Control Function (CSCF)

Provisioning of call control for IP multimedia
applications. P-CSCF, I-CSCF, S-CSCF.

o Open Service Access (OSA)

Third-party are expected to stimulate innovative
application, taking advantage of knowing the
capabilities provided by wireless network providers.

Department of Computer Science and Information Engineering a1



IP Multimedia Subsystem

Media Resource Media Resource
Function Processor Function Controller

Boundary between
mabile network
and external —»

Radio
@ _________ e networks
= controller

& e NN
station @’ Z 7
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station server I
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Mobile station SGSN e |
T Application :

|P-based Server !

|

|

i

|

[ | Subscription |
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2 d function F,."' IMS
Home . media
— ! | gateway

subscriber ;
| see j
Signaling

gateway
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: Perform internetworking related functions with PSTN
Department of Computer Science and Information Engineering 4o



Serving-CSCF

SIP+

HSS |

S-CSCF

Home Application

SiF+

D&A Service
Capability Sarver
(8CS)

DEA AP

[ ST
Application
Sarver
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S-CSCF

o Session control.
o Retrieve the information from HSS.
o Connect to Application Servers.

o Each user agent needs to attach a S-CSCF
before setup a session.

o Analog to Registrar in SIP.
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Proxy-CSCF (P-CSCF)

o The first contact point within the IMS.

o Mobile node communicate with S-CSCF via P-
CSCF. Direct communication with S-CSCF is not
allowed.

Integrity protection of SIP signaling.
Compression due to sparse wireless resource
(Sigcom).

Inspect SIP signaling if the mobile node is in a
visited network.
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Interrogating-CSCF (1-CSCF)

o Entry Point in a network operator.

o Hide the configurations, topology and capacity
from outside.

o Analog to Proxy and redirect servers in SIP.
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Registration

Home Home domain
subcriber

server

. Home network °

Home
5-CSCF subscriber

¥ i server
Maobile station

REGISTER Coordinate ith
home subscliber
server i
Visiting/home
oK @ domain

<>
I 1o

Maobile station
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Session Setup

Home
domain

Visited
domain
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