Building WebRTC Apps
with JsSIP

José Luis Millan
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JsSIP

o State of the art JavaScript SIP library

e Built in JavaScript from the ground up
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JsSIP




WebRTC interaction

 Makes use of the WebRTC API given by browsers
e getUserMedia

e To acquire the microphone and camera
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WebRTC interaction

 RTCNinja (https:/qithub.com/eface2face/ricninja.js)

« WebRTC API wrapper to deal with different browsers transparently
o API

e getUserMedia (rtcninja.getUserMedia())
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https://github.com/eface2face/rtcninja.js

Where can we use |t?

* Desktop
* Natively: in Chrome, Firefox, Opera

 Via external plugin: Safari, |E (https://www.temasys.com.sg/solution/webrtc-plugin)

* Mobile

 Android
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https://www.temasys.com.sg/solution/webrtc-plugin

Where can we use |t?

e Mobile
IO
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JsSIP AP|

e Event driven
« Successful / Failed WebSocket connection
e Successful / Failed SIP registration
* New Call

o Call Answered | .
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JsSIP AP|

e [ntuitive and easy to use
e ua.start() / ua.stop()
 ua.register() / ua.unregister()
o ua.call()
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JsSIP AP|

» Configuration

* Wide configurability
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http://jssip.net/documentation/

JsSIP in examples

e Library download

<script src="http://jssip.net/download/releases/jssip-0.6.26.js"></script>




JsSIP in examples

e SIP registration

e Event callbacks definition (optional)

ua.on('registered', function() {
console.log ('Registered!"');
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JsSIP in examples

e SIP Message

e Event callbacks definition (optional)

ua.on ('newMessage', function(e) {

Sefaiite dditinecilonie=—2cblicaailsi)
console.log('Sending Message!');

}

else if (e.direction === 'remote') {
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JsSIP in examples

« SIP Call

e Event callbacks definition (optional)
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}

else if (e.direction === 'remote') {
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Bullding an application

e How much of server logic do we need? It depends...
e Every peer does WebRTC
« WebSocket outbound SIP server

o SIP Registrar
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Bullding an application

 HTML button to make WebRTC calls
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HTML button
to make WebRTC calls
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HTML button
to make WebRTC calls

« CSS classes defining different colours for the button
o default (WS connected, call terminated)

o dialling (call progress)

e answered (call accepted)




HTML button
to make WebRTC calls

 \WS connection callback

IBaKe E b |
jQuery('.callme-btn')
seanome Gl s RIS el d@ilsicish(Ge sk imets o nise g slinie Sloisnts clerieun S

I A o (P o DY S R e L 3
AiinibutnicEE bl sasketisdvasmnicidiiberEicilcissfinn cirdionpiilsa sietlichaca dladetbRlagkey) sl aiil)ise

e




HTML button
to make WebRTC calls
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http://go.areteasea.com/#callme-builder

WebRTC conference
application

e JsSSIP

e Frafos WebRTC GW




WebRTC conference
application
e MeteordS -Client side-

e template based HIML

~* reactive to JS data modifications
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WebRTC conference
application

e MeteordS -Client side-

<template name="joinParticipant">
<div class="panel panel-default {{cssJoined}}">
<div class="panel-body">
<div class="col-xs-4">
{ {name}}
Lo [
<small>{{callState ../participant}}</small>
{{#if isMutedByOrganiser}}
<small> (muted by organiser)</small>
I aETE )
</div>
{{#unless declined}}
<ehty eleass=Vgol=xg=4"V>
{{#éf isJoined & ypantiicapani=ii:

i £ v
- -l
pes® ‘."__.' o] L L ks




WebRTC conference
application

 MeteordS -Server side-
« SEMS conference module (XML-RPC)

 MeteordS Clients (WSS)
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WebRTC conference
application




Thank You
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var ua = new JsSIP.UA ({
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