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Services and applications for real-time communications are developed during the last decade in two 

different contexts with almost opposite approaches. On the one hand, telecommunications companies have 

developed technologies supported the session initiation protocol (SIP), within the first place to re-implement 

the normal telephony service on the web, infrastructure, thus replacing the expensive circuit-switched 

network, but also enabling new communication channels like presence sharing and instant messaging. On 

the opposite hand, communities of open source developers have driven the evolution of open communication 

tools like e-mail and discussion systems towards the extensible messaging and presence protocol (XMPP). 

While the 2 worlds have virtually ignored one another for years, basically replicating the identical set of 

features, recent events within the industry have revealed a stimulating convergence between such 

technologies that within the near future is probably going to form them integrate. The project “Implementation 

of gateway between XMPP and SIP” is an effort to review various open source internet multimedia protocols 

like XMPP, SIP, RTP, MSRP et al. and their implementation into the $64000 environment and studying its 

actual working. The proposed system provides the features of audio call, and video call together with the 

features of conferencing, instant messaging, and presence. 
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INTRODUCTION 

Now a day, it is required to provide the 

communication facilities to users everywhere and 

every time via electronic network systems. These 

systems utilize multimedia applications (i.e. ISO 

MPEG-4 standards) [10] with many varieties of 

media. This quick growth underlies the importance 

of the networking. Multimedia technology ensure 

to create effective interactions with several 

geographical areas [13]. However, the provided 

multimedia services should be improved.  

In recent years, voice information processing 

(VoIP) technologies has been developed and much 

of vital progresses are drained analysis and 

commercially. VoIP permits many users to do VoIP 

phone calls instead of the general public Switched 

Telephone Network (PSTN) through such 

technologies as Session Initiation Protocol (SIP) 

[12]. 

VoIP can give the successive quality and low-cost 

utility than PSTN. The telecommunication 

business goes towards practice VoIP as their main 

phone infrastructure [13]. VoIP services become so 

modern inside the previous number of years as a 
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results of it's low-cost compared to the standard 

telecom. VoIP are going to be integrated with 

different services, like video conferences, instant 

messages and presence services. On the alternate 

hand, instant electronic communication (IM) [12] 

may be a range of on-line communication that 

provides a period of time interaction through 

personal computers or mobile computing devices. 

Users can transmit and receive messages in 

camera, similar to e-mail, or be a part of cluster 

conversations. it's became one in all the foremost 

common and important applications of the net, 

inflicting individuals to want to remain connected 

to the net for an extended time and allow them to 

exchange phtos, audio and video files, and different 

attachments [10] by several protocols, like 

protractile electronic communication and Presence 

Protocol (XMPP) [11]. 

In order to produce and alter the interworking 

between two or more dissimilar signalling protocols 

or standards, a translation module should exist in 

between, to translate the various management 

choices and instant messages transfer. 

 

The work has proceeded on two such protocols: 

Various extensions to the Session Initiation 

Protocol (SIP) for immediate electronic 

communication and presence, as developed within 

the SIP for immediate electronic communication 

and Presence leverage Extensions (SIMPLE) unit. 

The protractile electronic communication and 

Presence Protocol (XMPP), that consists of the core 

XML streaming protocols developed originally by 

the Jabber community. 

One approach to serving to ensure ability between 

such protocols is to map each  protocol. The 

approach taken from SIP/SIMPLE to XMPP and 

vice-versa to be used by gateways between systems 

that implement one or the other of these protocols. 

PROTOCOLS 

2.1 Session Initiation Protocol (SIP)  

SIP is an application-layer protocol [11] that can 

connect, change, and disconnect multimedia 

sessions (conferences) such as Internet calls 

[14][12][13][1]. SIP also invite participants to 

already existing sessions, like multicast 

conferences. multimedia can be added and 

removed from an existing session. SIP supports 

name mapping and services, that supports 

mobility-users can maintain one externally visible 

symbol regardless of their network location [12]. 

SIP protocol permits web user agents to get each 

other and to agree on a characterization of a 

session they'd wish to share. For locating 

prospective session participants, and for different 

functions, SIP permits the creation of AN 

infrastructure of network hosts (called proxy 

servers) to that user agents will send registrations, 

invites to sessions, and different requests. SIP is 

AN agile, all-purpose tool for making, modifying, 

and terminating sessions that works severally of 

underlying transport protocols and while not 

dependency on the sort of session that's being 

established [2][8].   

SIP doesn't carry any voice or video knowledge 

itself. It simply permits 2 endpoints to line up 

association to transfer that traffic between one 

another via period Transport Protocol (RTP) [3][7]. 

The User Datagram Protocol (UDP) [2] could be a 

transport protocol wont to transfer audio and video 

knowledge [4]. SIP protocol has several options just 

like the service of text-based that allows simple 

implementation in object headed programming 

languages, flexibility, extensibility, less signalling, 

transport layer-protocol neutral and parallel 

search. 

  

2.2 Instant Messaging Protocol (XMPP)  

The protractile electronic communication and 

Presence Protocol (XMPP) [9] could be a 

commonplace specified by the IETF for carrying 

instant message service. it's AN open XML protocol 

for a period electronic communication, presence, 

and request/response services. First, Jabber ASCII 

text file community projected and introduced 

XMPP and it's still beneath the event. After that, 

the web Engineering Task Force (IETF) approved 

and archived it in several web specifications. The 

XMPP design consists of 3 components, XMPP 

consumer, XMPP server and gateways to foreign 

networks. Transport management Protocol (TCP) is 

employed by XMPP to transmit and carry media 

sessions [3]. The developers are superimposed 

media session capabilities to XMPP purchasers 

that are outlined as AN XMPP specific negotiation 

protocol known as Jingle [JINGLE]. 

 

2.3 Realtime Transport Protocol (RTP) 

The period transport protocol (RTP), that provides 

end-to-end delivery services for knowledge with 

period characteristics, like interactive audio and 

video. Those services embrace payload kind 

identification, sequence list, time stamping and 

delivery observation. Applications usually run RTP 

on high of UDP to create use of its multiplexing and 

check services; each protocols contribute elements 

of the transport protocol practicality. However, RTP 
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is also used with different appropriate underlying 

network or transport protocols. RTP provides data 

transfer to multiple hosts exploitation multicast 

distribution if given by the working network 

 

2.4 Message Session Relay Protocol (MSRP) 

In computer networking, the Message Session 

Relay Protocol (MSRP) may be a protocol for 

transmittal a series of connected instant messages 

within the context of a communications session. 

associate application instantiates the session with 

the Session Initiation Protocol (SIP). 

 

MSRP are often used within a SIP session: to try to 

to instant electronic messaging in a very matched 

or one-to-many mode, {to do|to try to to|to try 

associated do} an attachment file transfer, to try to 

to some icon sharing (e.g., Image Share) supported 

previous exchange of capabilities between the user 

endpoints. 

 
Table. 1 Setup/Transport for call and media 

 

PROPOSED DESIGN 

The XMPP-SIP gateway plays a key role to 

appreciate the perform of translation and bridge. 

The mappings cover four areas: 

Mapping of addresses, Mapping of single instant 

messages, Mapping of presence subscriptions, 

Mapping of presence notifications, Handling of 

content types, Mapping of error conditions. 

 

XMPP to SIP 

 

Algorithm for converting XMPP address to a SIP 

address: 

1. Split XMPP address into node identifier(local 

part;),  domain identifier (hostname), and resource. 

2. Convert XMPP tag "\26", "\27" and "\2f" to SIP 

tag "&"," ' ", "/" respectively. 

3. Ientify if the domain supports im: and pres: 

URIs, if not than assume that the domain supports 

sip:/sips: URIs. 

4. If converting into im: or pres: URI, for each byte, 

if the byte is in the set then transform that byte to 

%hexhex. If converting into sip: or sips: URI, for 

each byte, if the byte is in the set #%[\]^`{|}  then 

transform that byte to %hexhex. 

5. Now resulting local-part with mapped hostname 

will combine to create  local@domain address. 

6. Prepend with 'im:' scheme (for XMPP 

<message/> stanzas) or 'pres:' scheme (for XMPP 

<presence/> stanzas) if foreign domain supports 

these, else prepend with 'sip:' or 'sips:' scheme 

according to local service policy. 

 

 
Fig. 1 Communication between XMPP& SIP 

 

SIP to XMPP 

 

Algorithm for converting a SIP address to an XMPP 

address: 

1. Remove URI scheme. 

2. Split the address from first '@' character and 

convert first part as local-part and second part as 

hostname. 

3. Translate %hexhex to equivalent octets. 

4. Treat result as a UTF-8 string. 
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5. Translate "&", " ' ” and "/"  to "\26", "\27", "\2f" 

respectively to handle the characters in XMPP 

addresses. 

6. Recombine local-part with mapped hostname to 

form local@domain address. 

 

CONCLUSION 

SIP is that the established protocol for time period 

video and audio communications, whereas XMPP 

is that the one for presence sharing and instant 

electronic messaging. we have a tendency to 

created some comparisons of those protocols in 

terms of codec, transport protocol, decision setup 

format, etc. we are able to observe that every 

protocol has its own privileges that disagree from 

the others. XMPP and SIP square measure thought 

of competitive protocols to every alternative. The 

SIP work cluster has created effort to increase for 

immediate electronic messaging service. Similarly, 

the XMPP community additionally the XMPP 

Standards Foundation have also outlined tons of 

extension for audio and video decision services. 

Despite of those efforts, SIP still remains the 

protocol of alternative for telecommunication like 

services, and XMPP remains for immediate 

electronic messaging and presence services. 

Though the XMPP is a lot of appropriate and 

versatile for business application. 

  

FUTURE WORK 

In the future, another comparison will derived in 

terms of quality of services (packet delay, packet 

loss, jitter, and packet reordering), information 

measure consumption, signalling messages, 

services, extensibility, measurability, etc. There 

square measure still bound works to try for 

enterprise applications, like the warranted quality 

of service, mission-critical or time-sensitive 

message flow support, and repair level agreement. 

They’re important within the style and 

implementation of the XMPP protocol.  

REFERENCES 

[1] H. S. Haj Aliwi, S. A. Alomari, and P. Sumari,―An Effective 

Method For Audio Translation between IAX and RSW 

Protocols,‖ World Academy of Science, Engineering and 

Technology 59 2011, pp.253256, 2011. 

[2] A. S. Tanenbaum, ―Computer Networks,‖ 4th edition, 

Pearson Education, Inc.   

[3] C. Perkins, ―RTP: Audio and Video for the Internet,‖ 

Addison Wesley, USA, 2013.  

[4] D. DiNicolo, ―Transporting VoIP Traffic with UDP and RTP,‖ 

2017.  

[5]  M. Spencer, and F. W. Miller, ―IAX Protocol Description,‖ 

2014.  

[6]  M. S. Kolhar, A. F. Bayan, T.C. Wan, O. Abouabdalla, and 

S. Ramadass, ―Control and Media Session: IAX with RSW 

Control Criteria,‖ Proceedings of International Conference 

on Network Applications, Protocols and Services, Executive  

Development Centre, Universiti Utara Malaysia, pp. 

130-135, 2018.  

[7] M. S. Kolhar, A. F. Bayan, T.C. Wan, O. Abouabdalla, and 

S. Ramadass, ― Multimedia Communication: RSW Control 

Protocol and IAX,‖ The 5th International Symposium on 

High Capacity Optical Networks and Enabling 

Technologies, Penang, Malaysia, pp. 75-79, 2018.  

[8] M.S. Kolhar, M.M. Abu-Alhaj, O. Abouabdalla, T.C. Wan, 

and A. M Manasrah, ― Comparative Evaluation and 

Analysis of IAX and RSW,‖ International Journal of 

Computer Science and Information Security, pp. 250-252, 

2019.  

[9] O. Abouabdalla, and S. Ramadass, ― Enable 

Communication between the RSW Control Criteria and SIP 

Using R2SP,‖ The 2nd International Conference on 

Distributed Frameworks for Multimedia Applications, pp. 

1-7, 2016.  

[10] Radvision, ―Overview of H.323-SIP interworking,‖ © 2011 

RADVISION Ltd,  www.radvision.com/NR/.../ Overview of 

H323SIPInterworking.pdf (last accessed March 25, 2012), 

2011.  

[11]  P. Montoro, and E. Casilari, ―A Comparative Study of VoIP 

Standards with Asterisk,‖ Proceedings of the 2019 Fourth 

International Conference on Digital Telecommunications, 

pp. 1-6.  

[12]  M. Handley, H. Schulzrinne, and E. Schooler, ―SIP: 

session initiation protocol,‖ Internet Draft, Internet 

Engineering Task Force, 

http://www.ietf.org/rfc/rfc3261.txt (last accessed Sep 25, 

2018), 2018.  

[13]  S. Ramadass, R.K. Subramanian, H. Guyennet, and M. 

Trehel,―Using RSW Control Criteria to Create a Distributed 

Environment for Multimedia Conferencing,‖  Proceedings 

on Research and Development in Computer Science and its 

Applications, Penang, Malaysia, pp. 27-29, 2017.  

[14] T. Abbasi, S. Prasad, N. Seddigh, and  Ioannis Lambadaris, 

―A Comparative Study of the SIP and IAX,‖ Canadian 

Conference on Electrical and Computer Engineering, pp. 

179- 183, 2015. 

[15] Hadeel Saleh Haj Aliwi and Putra Sumari - REAL-TIME 

AUDIO TRANSLATION MODULE BETWEEN IAX AND RSW, 

International Journal of Computer Networks & 

Communications (IJCNC) Vol.6, No.3, May 2014. 

“WaterIrrigationSystemusingArduino”,Mr.Muthamilselvan, 

Narendra Kumar Meel , Chetan Sharma , Arshad Ali, IRJET 

2018. 

 

 


