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Abstract— Session Initiation Protocol (SIP) is a signalingtpcol developed by SIP working group specifiectty Internet Engineering
Task Force (IETF), SIP is a text-based protocolilamio SMTP and HTTP, used to create, manage andinate sessions on IP data
network at application layer. A session could bsiraple two-way telephone call or it could be a @odfirative multi-media conference
session. Such sessions include peer-to-peer veideo, chat, interactive games, and virtual realftfis makes possible to implement
services like voice-enriched e-commerce, web péige-to-dial or Instant Messaging with buddy ligts IP based data network resulting in
reduced costs, improved customer service and easilyageable communications architecture. SIP igued to address the functions of
signaling and session management within a packatdotelephony network. Signaling allows call infatian to be carried across the
network boundaries. Session management provideshiliy to control the attributes of an end-to-aradl. In recent years, SIP has been the
choice for services related to Voice over IP (VollR)s a standard (RFC 3261) proposed by InteEmgineering Task Force (IETF). SIP is
still growing and being modified to take into arragnt all relevant features as the technology edpamd evolves

Index Term—SIP , IETF , SMTP, Text-Based Protocol

. INTRODUCTION packet switched. With the development of packetaved
. L _ ) technologies, the users requirements had changed fr
Session Initiation Protocol [Ros01] is the most elyd circuit switched to high speed packet based tediyies for

adopted protocol for VolP and also for other réaiet data transfer services. The packet based data retvape
multimedia applications. SIP allows users to eshbl faster and provide minimal delay.

modify, and terminate sessions between individuael o

multiple users. SIP requires the use of users datim Moreover, the voice is moving in the form of paskébm
protocol (UDP), and TCP is optional. It works in one end to other end of the network. In this ctse voice
performance with other protocols such as Session signals are segmented into frames, encoded and
Description Protocol (SDP) [Han02] and Real-Time encapsulated in RTP. The packets are then traespower
Transport Protocol (RTP) [Sch03] to offer a complet an IP network. In addition, determine the mediaatdjiies
architecture for call set-up, control, and to suppiifferent of the target end point Via Session Descriptiontétol
types of media like video conferencing, text messag (SDP). Integrating a packet switched network wittirauit
SDP is the encoded body of the SIP message whichswitched network is necessary in order to provide

contains information about what media types théigmcan significant cost saving, to achieve better perfaroea and
and will use. RTP is an IP based protocol providingport improving interconnectivity with mobile terminalsA
for transport of real-time data such as video aodia number of VolIP protocols exist today like H.323,PSI
streams in the form of data packets over IP. Itsaadit- Media Gateway Control Protocol (MGCP), and etc.

oriented header containing name of media source,
timestamp, codec types and sequence number. Bistin

in SIP is represented with Uniform Resources Indica
(URI), which have the same format as e-mail adéwss
Two types of SIP URI’s:

When the technology changes, power consumption has
become a big issue now days. In [Lan04], the asthor

shown that the power consumed by the network el&snen

like switches and equipment in homes, and buildng0%

and 40% of the total power consumed for network

1. Address Of Record (AOR) :Identifies a user equipment’s. Moreover, the network equipment in a
2. Fully Qualified Domain Name (FQDN) : Identifies building almost consumes 15% of the electricityntls we
a device required some effective measures to reduce energy
More specifically, the telephony world was initiall consumption as it will lead to reduce in heat emisdy

intended only for the voice services but with the devicesand saving money.

advancement in the technologies the need for tha da

transfer comes into the picture. The old telephoetyvorks Il SIPARCHITECTURE

were circuit switched but now they got transformied A SIP environment consists of a number of connected
entities.

Corresponding AuthorAmit Suryawanshi

© 2013, IJCSE All Rights Reserved 18



International Journal of Computer Sciences amgirieering ol\V1(3), pp (18-21) Nov 2013

» User Agent Client/Server ACK: - Confirms that the client has received a fina
* Proxy Server response to an INVITE request

* Redirect Server CANCEL: - abort a call setup

* Registrar BYE: - End a call, Terminates a call and can bd bgn

2.1 USER AGENT/CLIENT: - A User Agent (UA) is
the entity which represents an end user in a client
device. It usually operates in two modes: a User
Agent Client (UAC) sends the initial request _
messages and processes responses; and a User IS rarely used.

Agent Server (UAS) accepts requests and sends REFER - Call Transfer

either the calling or the called party
OPTIONS:-Queries the capabilities of servers
INFO:-Provides mid-call session related informatitin

responses MESSAGE - Instant messaging
2.2 PROXY SERVER: - Proxy Servers [6] are SUBSCRIBE / NOTIFY — Used to request receipt of
involved in routing the SIP messages to the correct future NOTIFY or PUBLISH requests

endpoint. Stateful proxies sometime make use of
User Agents in a logical entity called a Back-To-

Back-User-Agent 3.2 Response Message types:-
2.3 REDIRECT SERVERS: - Redirect Servers 1xx:Provisional/Informational:-Request receivedomming
provides a new address or different route path to to Process the request.
the recipient. The server may make use of a 100-Trying
Location Server to persist location information o
2.4 REGISTRAR: - A Registrar acts as current 180-Ringing
repository of a client’s attachment to the netwibrk 181-Call is being forwarded
is the User Agent that tends to reside on the end
user's device. It receives registrations regarding 182-Queued
current user locations. 2xx: Success/Final: - The action was successfeligived,

The other Entities provide essential support ses/iin

- understood, and accepted.
many scenarios.

200 OK-Request succeeded

SIP Redirect Server 202-Accepted
3xx: Redirection: - Further action needs to be takeorder
A=l - to complete the request.
v il 5 300-Multilevel choices
¥ Inttmnocn: 301-Moved permanently/temporary
SIP Proxy Server 305-Use proxy

4xx: Client Error: - The request contains bad synte
cannot be fulfilled at this server.

SIP Proxy Server;

A 10 .

. 401-Unauthorized

—3 ﬁ; 407-Proxy authentication required
a5 408-Request timeout
SIP Client SIP Client MPFrcey Sercar 480-Temporarily unavailable
5xx: Server Error: - The server failed to fulfith apparently
lll.  Message Types valid request.

A SIP message could be either a request or a respon 500-Server interval error
followed by status/request line, header field and 502-Bad gateway
optional part. 504-Server timeout
Request: sent from client to a server and defiree t 505-Version not supported
operation sought by the client. 6xx: Global Failure: - The request cannot be figdllat any

Response: sent from server to a client and prowide

status of that request. Server.
600-Busy everywhere
3.1 Request Message types:- 603-Decline
REGISTER - Login, registers the address listechin t 604-Does not exist anywhere
TO header field with a SIP server INVITE — Stadadl 606-Not acceptable
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IV. SIPHEADERS RESPONSES

SIP Message=Request line | Response line
[HEADERS]CRLF
CRLF
MESSAGE BODY (optional)
Request-line=
<METHOD>SP<REQUEST_URI>SP<VERSION
>CRLF
Response-line=
<VERSION>SP<Response-code>SP<Reason-

phrase>CRLF
User SIP Proxy/Registrar/Redirect User
Agent Server Agent
REGISTER N |

‘ . REGISTER
2000K

V. CALL SETUP PROCEDURE

200 0K _
INVITE ) ‘
: INVITE
. 100 TRYING
100 TRYING ' ‘
180 RINGING

Call Initiated

Call
Processing ‘ . 180 RINGING
' 200 0K

200 0K : |

Call ACK

Established ACK

RTP Media l

BYE

200 0K < 2000k |

‘ BYE
Call
Terminated

VI. FEATURES OF SIP
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current location (IP address) of the user and plewides
some call features like

Call Transfer
Conferencing

Speed Dial

Call Forwarding/forking
Call Holding

Call Waiting

3-Way Calling

VIl. SIP IDEOLOGIES

Creates, modifies and terminates sessions
Clients-Server model
HTTP based syntax
Text based protocol
Intelligent end points
Flexible headers
Only signaling
Makes use of RTP/RTCP for mediadfan

VIIl. APPLICATIONS OF SIP

SIP can be integrated into product such as:

e IP phones.

* Media Gateways.

*  Web-enabled telephony portals.

* Internet call centers.

*  Soft switches.

» Application servers
SIP provides multiple features like call forkingtiviwhich a
user can handle the incoming request from any ilmcat
within IP network hence getting a flexible means of
communication. It's easy to manage different sessi&uch
as voice, video with different users at the sanstaint of
time.

IX. RECOMMENDATIONS

SIP request message contains too many fields NKETE,

To, From, Via, Call-ID, CSeq, Contact, Content-Type
Content-Length, Max-Forwards, and etc. these fieldsd

to be completely processed by the SIP entitiesighcsome

of the fields are not important for them but in @rdto get
their required details they have to process the levho
message which is time consuming. If “Parsing and
Framing” is applied to the message then procedsing at
each entity will be less as the Parsing will chapvd the

SIP supports forking which means SIP server can message into separate fields and then each enilitybev
send one incoming request to more than one UAS by getting only those fields which they actually warstsd

collecting all the contact information’s from reelit server
for the particular destination. SIP message is qudime
MIME (Multipurpose Internet Mail Extension) [05]
mechanism hence a message may contain information i
text or binary forms. SIP allows a user to moveween
different locations by use of location server tregister the

o
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when required then framing the message back irgo it
original combined form with Framing.

X. CONCLUSION

SIP is one of the fastest growing application lgyetocol
which is providing enhancement to IP based interact
services such as voice, video, text and much mate ivg
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attractive services like invite users to sessiomsdification
and termination of sessions all just with small sdét
messages and responses. SIP is cost effective nofans
communication in an IP based environment. It canaver
most fixed And wireless networks. SIP uses therirge
model and maps it onto telecom world .It uses efikegl
addresses to identify users and accordingly forwtuel
incoming request to one or multiple UAS, allowirggts to
move between different networks easily which magé&3
more powerful and reliable protocol. With the apation of
framing and parsing mechanism the speed of edtatljsa
session could be faster, resulting in time saving.
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