Design and Implementation of SIP for Multistreaming Applications

The Session Initiation Protocol (SIP) is a signalling protocol, widely used for setting up and tearing down multimedia communication sessions such as voice and video calls over the Internet. Other feasible application examples include video conferencing, streaming multimedia distribution, instant messaging, presence information and online games. The protocol can be used for creating, modifying and terminating two-party (unicast) or multiparty (multicast) sessions consisting of one or several media streams.

In this project we are going to develop applications such as text transfer, file transfer, voice conference and video conference using SIP with proxy server. SIP signaling follows the server-client paradigm as used widely in the Internet by protocols like HTTP or SMTP.  An Internet phone and softphone are the two things which are required in this project. An Internet Phone uses the Session Initiation Protocol (SIP) or Media Gateway Control Protocol (MeGaCo). A VoIP phone based on SIP is called a SIP phone. A softphone is a software that runs on a general purpose computer instead of a dedicated device. It simulates the experience of a normal phone with the aid of a headset or a USB device. These use different implementation techniques.

Functions of SIP:

1. SIP allows for the establishment of user location (i.e. translating from a user's name to their current network address). 

2. SIP provides for feature negotiation so that all of the participants in a session can agree on the features to be supported among them. 

3. SIP is a mechanism for call management - for example adding, dropping, or transferring participants. 

4. SIP allows for changing features of a session while it is in progress.

5. User capability, availability.

Request message format

Method SP Request-URI SP SIP-Version CRLF [SP = single-space & CRLF=Carriage Return + Line Feed (i.e. the character inserted when you press the "Enter" or "Return" key of your computer)]

Response message format

SIP-Version SP Status-Code SP Reason-Phrase CRLF [SP = single-space & CRLF=Carriage Return + Line Feed (i.e. the character inserted when you press the "Enter" or "Return" key of your computer)]

Methods to be performed for Communication:

1. INVITE :Invites a user to a call 

2. ACK : Acknowledgement is used to facilitate reliable message exchange for INVITEs. 

3. BYE :Terminates a connection between users 

4. CANCEL :Terminates a request, or search, for a user. It is used if a client sends an INVITE and then changes its decision to call the recipient. 

5. OPTIONS :Solicits information about a server's capabilities. 

6. REGISTER :Registers a user's current location 

7. INFO :Used for mid-session signaling

SIP (Session Initiation Protocol) is a signaling protocol used to create, manage and terminate sessions in an IP based network. There is a typical example below which shows the session initiation between two users with proxy servers. User 1 uses his softphone to reach the SIP phone of user2. Server1 and server2 help to setup the session on behalf of the users. This common arrangement of the proxies and the end-users is called "SIP Trapezoid" as depicted by the dotted line. The messages appear vertically in the order they appear i.e. the message on top (INVITE M1) comes first followed by others. The direction of arrows shows the sender and recipient of each message. Each message contains a 3-digit-number followed by a name and each one is labeled by 'M' and a serial number. The 3-digit-number is the numerical code of the associated message comprehended easily by machines. Human users use the name to identify the message.

The following picture presents a typical exchange of requests and responses:
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Relation among Call, Dialog, Transaction & Message:
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Modules to be developed:

1. User Agent Client (UAC) : It generates requests and send those to servers. 

2. User Agent Server (UAS) : It gets requests, processes those requests and generate responses. 

Applications:

1. Voice Conferencing.

2. IP contact center.

3. Video conferencing.

4. IP phone system.

5. Call monitoring.

6. FAX over IP.

Development Platform

1
Hardware



2 Personal Computers 



512 MB RAM



CPU with 2.2 GHz or above



LAN connection

2
Operating System



Linux 2.6 kernel 

3
Software



ANSI C



gcc compiler 



gdb debugging tool

