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ABSTRACT

In this Project, we analyse the feasibility of implementing live video streaming
protocols into web applications with the use of WebRTC. As a result of demand the
distribution of video content requires ever increasing bandwidth. Although,
specialised programs exist to distribute video content efficiently, web pages have
up until recently not been able to leverage these technologies. WebRTC could
serve as a solution by enabling peer to- peer communication directly between
browsers without any need for a server as an intermediary. Video-on-demand
(VoD) services, such as YouTube, generate most of the Internet traffic today, and

the popularity of video services is growing.

Service and CDN providers have to invest more and more in distribution networks,
which creates pressure to innovate novel approaches. Peer-to-peer (P2P)
streaming is a viable alternative that is scalable and can meet the increasing
demand. The emerging HTML5 standard introduces APIs that give web browsers
an ability to communicate directly with each other in real time. New standards also
enable a setup, where browsers can act as P2P nodes. This project reviews
whether the new HTML5 and WebRTC standards are a fit for P2P video streaming,
evaluates the performance challenges and proposes solutions. Preliminary
analysis indicates that HTML5 can be applied to VoD, but there are concerns.
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CHAPTER 1

INTRODUCTION

1.1 OUTLINE OF THE PROJECT

The interest towards HTMLS5 is strongly increasing. Besides new visualization
possibilities HTML5 brings a number of new opportunities to run increasingly
sophisticated web applications with novel features such as parallel processing, data
storage and real-time communication (RTC), without any additional add-ons or plug-ins.
These features are available through APIs, which browser applications can call from
JavaScript. It is rather clear that simple standalone applications can be implemented
with HTML5, but the situation is more challenging when we start to analyze diverse
applications with high computation and communication needs. The main use case we
study is video-on-demand (VoD) using peer-to-peer (P2P) approach. Unlike a video
conferencing use case, the P2P VoD is a good example of a communication intensive
application that requires complex local operations to download and upload streaming
content, to manage the download schedule, and to play the content. Similar operations
are typical of many distributed applications and therefore the experiences gained have a
wider applicability beyond the video streaming use case. However, implementing P2P
streaming with HTML5 has still challenges. Firstly, the standards are under preparation,
and therefore browser implementations have issues with supported functions, stability
and interoperability. Secondly, video streaming sets substantial requirements on CPU
performance and bandwidth consumption. In mobile space these issues are even more
critical. This research proposes an experimental system for P2P VoD service applying

several new HTML5 APIs that have recently been standardized.

1.2 LITERATURE OVERVIEW

WebRTC is currently under development by the W3C [4] and the IETF [3], but parts of
the draft specification have already been partially implemented in Google Chrome and

Mozilla Firefox. Whereas, previous W3C web standards allowed communication only
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between a browser and a server, WebRTC allows direct communication between
browsers, without any server in the middle. This theoretically allows for the

implementation of peer-to-peer algorithms such as Coolstreaming or GridMedia.

The WebRTC API currently by Google Chrome and Mozilla Firefox consists of the

following data communication functions [2]:

e RTCPeerConnection: The RTCPeerConnection interface provides a connection

between peers to exchange data.

e MediaStream: The MediaStream interface represents a stream of audio or video

data.

e RTCDataChannel: The RTCDataChannel interface describes a full-duplex data

connection between two nodes.
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CHAPTER 2

AIM AND SCOPE OF THE PRESENT INVESTIGATION

2.1 PROBLEM STATEMENT

This project is implementing a simple video conference application, where you
can do an online video conference between two persons opening the same html page.
This is done via WebRTC and Websockets.

2.2 OBJECTIVES

There are a number of facets to peer-to-peer communications and video-conferencing

in HTML covered by this specification:

e Connecting to remote peers using NAT-traversal technologies such as ICE,
STUN, and TURN.

e Sending the locally-produced tracks to remote peers and receiving tracks from
remote peers.

e Sending arbitrary data directly to remote peers.

2.3 Applications

WebRTC enables developers to facilitate audio, video, and data communication
between two browsers without using any plugin. Hence, it becomes easier for
developers to simplify browser communication and improve user experience. A web
developer can use WebRTC to facilitate peer-to-peer communication between two
browsers without putting extra time and effort. He can even use the HTML5

specification to facilitate audio, video, or data communication between two browsers.
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WebRTC can be used anywhere a human is interacting with a computer system. These
are the areas where the fastest adoption is occurring:
1. Google Meet and Hangouts
Facebook Messenger
Discord
Amazon Chime
Houseparty
Appear.in
Gotomeeting
Peer5

© N o 00 bk~ w DN
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CHAPTER 3

EXPERIMENTAL OR MATERIALS AND METHODS USED

3.1 Overview

This project is implementing a simple video conference application, where you
can do an online video conference between two persons opening the same html page.
This is done via WebRTC and Websockets.

3.2 BACKGROUND

There are various ways to implement streaming with P2P technologies. In this
work we focus on how to apply BitTorrent and HTML5 for P2P streaming [1]. However,
regular BitTorrent is focused on the P2P file sharing rather than the VoD streaming [2].
For that reason a few modifications are required to guarantee the order and timeliness
of video pieces and furthermore, to ensure an uninterrupted viewing experience.
BitTorrent functionality can be added to web browsers via a few different methods. Plug-
ins and in-application webservers are already available, but our proposed JavaScript
based P2P/BitTorrent client is still to be realized. Having a platform independent P2P
client, running on PCs and mobile devices and dealing with the issues related with the
differing platforms is the goal. HTML5 Web Real Time Communication (WebRTC)
standard plays a key role in browser-to-browser communication. The WebRTC standard
enables real-time communication and also introduces UDP based communication to
web browsers to complement the normally used TCP communication with HTTP. The
standard enables three modes and APIs for browser-to-browser communication: Peer
Connection API offers connection establishment, Media Stream API video streaming

functions and Data Channel API arbitrary data sharing operations [3].
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3.3 GENERAL REQUIREMENTS

a. SOFTWARE REQUIREMENTS

» Operating system . Windows XP/7
» Coding Language : Python, JavaScript
* Tool . XAMP or WAMP

b. HARDWARE REQUIREMENTS

* Processor: Intel® Core(TM) i5 2520M CPU @ 2.50Ghz (Dual core)
* RAM: 2048 MB-2.00 GB
* Operating System: Windows 7 Service Pack 1 64-bit

3.4 IMPLEMENTATION

The design mirrors the BitTorrent architecture and the same entities Tracker, Seeder
and Peers - are used. Figure 1 illustrates the functionality. Initially a Peer creates a
torrent file containing the metadata of the video, hashes of each piece of the video, and
uploads the torrent file to the Tracker (1). The actual video is uploaded to the Seeder
(2). When another Peer requests the same video, the Peer first obtains the respective
tracker file and starts downloading the video pieces from the Seeder or the original Peer
or both (3). Eventually, as the video becomes popular, missing pieces are shared by
Peers, which decreases the load on the original Peer and Seeder. Periodic access to

the Tracker for requesting the latest Peer information is needed (4).

The video publishing process begins when a user starts a web application and selects a
video to share. This phase involves the creation of the meta-data of the video file for the
Tracker, and moving the file to a location accessible to the web application. Part of the

meta-data creation is the generation of cryptographic MD5 hash values.
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The HTML5 File API is initially used to store the video file to be distributed, and once
that process is complete, the file is moved to permanent storage using the IndexedDB
API. Finally, once the file hashes have been generated, the newly created torrent file
and the data file are sent to a Seeder for wider distribution. When a user requests a
video, the meta-data of the video file (torrent file) is downloaded to the user’s browser

along with a list of Peers who currently have the video available.

Then the web application starts downloading the pieces of the video file from the
Peers using the Data Channel APIl. When enough pieces for the beginning of the video
have been downloaded and their MD5 checksum values have been successfully
verified, the playback will start using HTMLS’s Video element. Offline Application
Caching API can be used to load and execute a copy of the HTML5 JavaScript code
stored on the client, even when the web browser is not connected to the Internet. This

API allows playing the stored videos also when no connection to Internet is available.
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CHAPTER 4

RESULTS AND DISCUSSION, PERFORMANCE ANALYSIS

4.1 OVERVIEW OF PLATFORM

This project is implementing a simple video conference application, where you
can do an online video conference between two persons opening the same html page.
This is done via WebRTC and Websockets.

4.2 PLATFORM USED
4.2.1 Python:

Python is a general-purpose interpreted, interactive, high level, object-oriented scripting
language.Fully dynamic type system and automatic memory management. Python is
designed to be highly readable. It uses English keywords frequently.lt was created by
Guido van Rossum during 1985- 1990. Open Source : Support all os like

(Windows, Linux, Mac..). Minimal code, Clarity, Consistency, Easy to teach. Python is a
general-purpose language, which means it can be used to build just about anything,
which will be made easy with the right tools/libraries.

1. Beginner Friendliness:
Python was designed to be easy to understand and fun to use Python, many find coding

in Python a satisfying experience. Thus, Python has gained popularity for being a

beginner-friendly language.

2. Easy to understand

Python reads like English, which takes a lot of syntax-learning stress off
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coding beginners.Python handles a lot of complexity for you, so it is very

beginner-friendly.

3. Advantages of Python

- Extensive Support Libraries

- Integration Feature

- Improved Programmer's Productivity
- Productivity

4. Limitations or Disadvantages of Python
- Gets Slow in Speed

- Weak in Mobile Computing
- Run-time Errors

- Not Easy to Maintain

4.2.1 JavaScript :

Javascript is a MUST for students and working professionals to become a great
Software Engineer specially when they are working in Web Development Domain. | will

list down some of the key advantages of learning Javascript:

e Javascript is the most popular programming language in the world and that
makes it a programmer’s great choice. Once you learnt Javascript, it helps you
developing great front-end as well as back-end softwares using different

Javascript based frameworks like jQuery, Node.JS etc.

e Javascript is everywhere, it comes installed on every modern web browser and
so to learn Javascript you really do not need any special environment setup. For
example Chrome, Mozilla Firefox , Safari and every browser you know as of
today, supports Javascript.
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Javascript helps you create really beautiful and crazy fast websites. You can
develop your website with a console like look and feel and give your users the

best Graphical User Experience.

JavaScript usage has now extended to mobile app development, desktop app
development, and game development. This opens many opportunities for you as

Javascript Programmer.

Due to high demand, there is tons of job growth and high pay for those who know
JavaScript. You can navigate over to different job sites to see what having
JavaScript skills looks like in the job market.

Great thing about Javascript is that you will find tons of frameworks and Libraries
already developed which can be used directly in your software development to

reduce your time to market.
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CHAPTER 5

SUMMARY AND CONCLUSIONS

5.1 SUMMARY

HTMLS can be used to perform P2P video streaming between browsers without
any additional plug-ins. However, some limitations exist. Part of the challenges arise
from limitations in current browser implementations, part of performance issues. The
resources available through browsers are much more limited than for native
applications. Further study would be needed to understand how much these limitations
are fundamental in the browser technology or simply initial problems of premature
implementations. The work does not end by implementing a P2P based solution for
media streaming, but performance measurements over various platforms, including
mobile devices, must be carried through. Mobile devices offer limited CPU and
bandwidth capacity, and thus streaming applications must be well optimized for the

scarce resources.

As we do not have a clear understanding of the load distribution between the different
elements with an HTML5 based VoD service, the next step is to implement a working
P2P VoD client on the latest Firefox versions, find out the relative importance of each
part and locate the largest bottlenecks. The performance of the Data Channel API, file
hashing and video decoding on the target browser are the main focus areas. The
proposed P2P VoD design and implementation only works over a homogenous P2P
network where all participants are using the HTML5 based solution, but for the end user
it would be useful to get access to existing P2P networks such as BitTorrent. Allowing
access to the vast number of existing content sharing and video streaming solutions is

another avenue for future work.
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Source Code
/I Ul Manager for the Chat app
function myjsapp(peerClient) {
var chatHistory = {};

var chatPanel = {};

var cookie ={
/I Read cookie
get : function getCookie (name) {
var cookies = {};
var ¢ = document.cookie.split(’; );
for (i=c.length - 1;i>=0;i-) {
var C = cfi].split('=");
cookies[C[0]] = C[1];
}

return cookies[name] || null;

/I create cookie
set : function createCookie (name, value, minutes) {
if (minutes) {
var date = new Date();
date.setTime(date.getTime() + (minutes * 60 * 1000));
var expires = "; expires=" + date.toGMT String();
} else
var expires =",

document.cookie = name + "=" + value + expires + "; path=/";



remove : function deleteCookie (hame) {
var date = new Date();
date.setTime(date.getTime() - 60 * 1000);

document.cookie = name + "=; expires=" + date.toGMTString() + "; path=/";

function EventListeners() {

$(#peer-id).tooltip()

function connectToPeer() {
var id = $(‘#inputPeerUserld").val().trim();
if(id) {
peerClient.connectTold(id.toLowerCase())

$(#inputPeerUserld').val(")

}

$(‘#connect-btn').click(function (event) {

connectToPeer()

D;
$(‘#inputPeerUserld").keypress(function(event) {

if (13 == event.which) {

connectToPeer()

D



$(document).on(‘click’, ‘.peeruser’, function() {
var id = $(this).text()
$(#inputPeerUserld').val(id)

connectToPeer()

D

Element.prototype.remove = function() {

this.parentElement.removeChild(this);

$('#peer-id').click(function (event) {
var textArea = document.createElement("textarea");
/I Avoid flash of white box if rendered for any reason.
textArea.style.background = 'transparent’;
textArea.value = $(this).text();
document.body.appendChild(textArea);

textArea.select();

try {

var successful = document.execCommand(‘copy’);
var msg = successful ? 'successful' : 'unsuccessful’;
console.log(‘Copying text command was ' + msg);
textArea.remove();

} catch (err) {

console.log(‘Oops, unable to copy');

D



$(".end-call’).click(function (event) {
/I clear CSS for mute buttons

$('.mute-audio, .mute-video').removeClass(‘btn-success’).addClass('btn-
secondary')

/I End established call
peerClient.endCall();

)

$(‘#user-name’).keypress(function (event) {
if (13 == event.which) {
var username = $(‘#user-name").val().trim();
$('#getUserNameModal').modal('hide")
if(cookie.get('username’) != username)

startPeerClient(username)

)

$(".username-done").click(function (event) {
var username = $(‘#user-name").val().trim();
if(cookie.get('username') I= username)

startPeerClient(username)

)

$(".accept-call’).click(function (event) {
/l End established call

peerClient.acceptincomingCall();

)

$('.reject-call’).click(function (event) {



/I End established call

peerClient.rejectincomingCall();

)

$(".mute-audio’).click(function (event) {
if($(this).hasClass('btn-secondary")) {
$(this).removeClass(‘btn-secondary’).addClass(‘btn-success’)
I/l End established call
peerClient.muteAudio(false);
} else {
$(this).removeClass('btn-success').addClass('btn-secondary")

peerClient.muteAudio(true);

)

$(".mute-video").click(function (event) {
if($(this).hasClass('btn-secondary")) {
$(this).removeClass('btn-secondary').addClass(‘btn-success')
I/l End established call
peerClient.muteVideo(false);
} else {
$(this).removeClass('btn-success').addClass('btn-secondary")

peerClient.muteVideo(true);

)

function appendToHistory(id, message, isSent) {

if(chatHistory[id]) {



var hist = chatHistory[id];
var fromTxt = isSent ? 'You' : id

var msg = $('<li><b>" + fromTxt + ": </b></li>").append('<span>' + message +
'</span’)

hist.append(msg)
.scrollTop(hist[0].scrollHeight);

function startPeerClient(username) {
// TODO - Set title
cookie.set(‘'username’, username);

peerClient.connectToServerWithld(username);

/I Show Username Modal

var username = cookie.get(‘'username’);

if(lusername) {
$(‘#user-name’).val(username)
startPeerClient(username)

} else {

$(#getUserNameModal').modal('show')

EventListeners();

return {

setPeerld : function (id) {

$(#peer-id').text(id);



createChatWindow: function(id) {
var toPeerld = id;

var panel = $('<div class="panel panel-primary chat-div"><div class="panel-
heading"></div>' +

'<div class="panel-body"></div><div class="panel-footer">" +
‘<div class="form-inline"><div class="form-group">' +

'</div></div></div></div>")

var title = $('<span class="panel-title"></span>").text(toPeerld)
var history = $('<ul class="chatHistory"></ul>")

var message = $('<input type="text" class="form-control" placeholder="Enter
Message">")

var sendBtn = $('<button type="button" class="btn btn-outline-
primary">Send</button>")

var callButton = $('<a class="portfolio-link">");

var videoCall = $('<i class="fa fa-video-camera fa-2x call-icon" aria-
hidden="true"></i>";

var audioCall = $('<i class="fa fa-phone fa-2x call-icon" aria-
hidden="true"></i></a>");

callButton.append(audioCall).append(videoCall);

chatHistory[toPeerld] = history

chatPanel[toPeerld] = panel

$('.panel-heading’, panel).append(title).append(callButton)

$(".panel-body’, panel).append('<span class="text-primary">You can now start
chatting</span>').append(history)



$('.form-group’, panel).append(message).append(sendBtn)

$('.chat-container > div').append(panel);

$('.panel-heading’, panel).click(function () {
var panelBody = $(".panel-body, .panel-footer”, $(this).parent());
if(panelBody.hasClass("hide")) {
panelBody.removeClass("hide")
panel.removeClass('min’)
} else {
panel.addClass('min’)

panelBody.addClass("hide™)

)

message.keypress(function(event) {
if (13 == event.which) {
var msgText = $(this).val().trim()
if(msgText) {
peerClient.sendMessage(toPeerld, msgText)
appendToHistory(toPeerld, msgText, true)
$(this).val(™)

}
D;

sendBtn.click(function(event) {

var msgText = message.val().trim()



if(msgText) {
peerClient.sendMessage(toPeerld, msgText)
appendToHistory(toPeerld, msgText, true)

message.val(").focus()

}
D

audioCall.click(function (event) {
/l initializeLocalVideo()
var isVideoCall = false;
peerClient.makeCall(toPeerld, isVideoCall);

return false

)

videoCall.click(function (event) {
/l initializeLocalVideo()
var isVideoCall = true;
peerClient. makeCall(toPeerld, isVideoCall);
return false

)
// TODO - Hide panels if more than 3

appendHistory : appendToHistory,

closeChatWindow : function (id) {
if(chatPanel[id]) {

chatPanel[id].remove()



delete chatPanel[id]

delete chatHistory[id]

}

showVideoCall : function (options) {
$(‘#videoCallPanel’).modal('show')
if(options['video'])
$(‘#videoCallPanel .title").text('Video Call’)
else
$(#videoCallPanel .title").text("Voice Call’)
3
showlncomingCall : function (peerld, options) {
$(‘#callConfirmationModal’).modal('show')
if(options['video'])
var txt = "Incoming Video call from : " + peerld
else
var txt = "Incoming Voice call from : " + peerld
$(#callConfirmationModal .peer-name’).text(txt)
h
closeVideoCall : function () {
$(".end-call’).click()
h

setTheirVideo : function (stream) {

var video = document.getElementByld(‘their-video');

if (typeof video.srcObject == "object”) {
video.srcObject = stream;
} else {

video.src = URL.createObjectURL(stream);



3
setMyVideo : function (stream) {
Il $('#my-video").prop('src’, stream);
var video = document.getElementByld('my-video');
if (typeof video.srcObject == "object") {
video.srcObject = stream;
} else {

video.src = URL.createObjectURL(stream);

}

showError : function (msg) {

3
updateOnlieUsers : function (users) {
var list = $(".onlinepeers')
list.empty()
if(users.length == 0) {
var usr = '<li>Looks like no one is online</Ii>'
list.append(usr);
return
}
for (var i = 0; i < users.length; i++) {
var usr = <li class="peeruser">'+ users][i] + '</li>'

list.append(usr);



var myapp, peerapp;

$(document).ready(function () {
myapp = myjsapp(peerapp);
D;

Peer-client.js

peerapp = (function() {

‘'use strict";

console.log("Peer client started");

var PEER_SERVER = 'my-peer.herokuapp.com’;
var PORT = 443;

var connectedPeers = {};

var myPeerID = generateRandomID(7);

var peer;

var peerldAlreadyTakenCount = 3;

/I Compatibility shim

navigator.getUserMedia = navigator.getUserMedia || navigator.webkitGetUserMedia
|| navigator.mozGetUserMedia;



/I Connect to server
function connectToServerWithid(peerld) {
myPeerID = peerld || myPeerID;
myPeerID = myPeerlID.toLowerCase();
if(peer && peer.disconnected == false) {
peer.disconnect()

}

peer = new Peer(myPeerlD, { host: PEER_SERVER, port: PORT, path: /', secure:
true });

peerCallbacks(peer);

}

Il var peer = new Peer({ host: 'my-peer.herokuapp.com’, port: '443', path: '/, secure:
true });

/I connectToServerWithld(myPeerID);

console.log(peer)

initializeLocalMedia({'audio’: true, 'video': true});

I/l Generate random ID

function generateRandomID(length) {
var chars = '123456789abcdefghijkimnopqrstuvwxyz'
var result = ";

for (var i = length; i > O; --i) result += chars[Math.floor(Math.random() *
chars.length)];

return result;

// Data channel

/[ Handle a Text and File connection objects



function connect(c) {
console.log(c)
// Handle a chat connection.
if (c.label === "chat') {
Il c.peer

myapp.createChatWindow(c.peer)

c.on('data’, function(data) {
console.log(c.peer + ' : ' + data);
I/l Append data to chat history
myapp.appendHistory(c.peer, data)

D

c.on('close’, function() {
delete connectedPeers|c.peer];
myapp.closeChatWindow(c.peer)
D;
connectedPeers|c.peer] = c;
} else if (c.label === "file") {
c.on('data’, function(data) {
/I If we're getting a file, create a URL for it.
if (data.constructor === ArrayBuffer) {
var dataView = new Uint8Array(data);
var dataBlob = new Blob([dataView]);
var url = window.URL.createObjectURL (dataBlob);
Il $('#' + c.peer).find(.messages').append('<div><span class="file">" +

/[ c.peer +'has sent you a <a target="_blank" href=""+ url +
">file</a>.</span></div>");

}



D;

// Handle Audio and Video Calls

function callConnect(call) {

// Hang up on an existing call if present
if (window.existingCall) {

window.existingCall.close();

// Wait for stream on the call, then set peer video display
call.on('stream’, function(stream) {

myapp.setTheirVideo(stream)

D;

/' Ul stuff

window.existingCall = call;

call.on(‘close’, function() {
console.log("Call Ending")

myapp.closeVideoCall()
D;

function peerCallbacks(peer) {
peer.on('open’, function(id) {

console.log('My peer ID is: ' + id);



console.log(new Date());
myapp.setPeerld(id);
fetchOnlinePeers();

D

peer.on(‘connection’, connect);

peer.on('call’, function(call) {
console.log("Receiving a call")
console.log(call)
/I New call requests from users
/I Ask Confirm before accepting call
/I if(window.incomingCall) {
/[ window.incomingCall.answer()

/I setTimeout(function () {

I window.incomingCall.close();

1 window.incomingCall = call

I myapp.showlncomingCall(call.peer);
/I },1000)

Il'} else {

if(window.existingCall) {
/' If already in a call, rejecting the new calls
rejectincomingCall(call)

} else {
window.incomingCall = call
myapp.showlncomingCall(call.peer, call.options.metadata);

}
Iy



h;

peer.on('close’, function(conn) {
/[ New connection requests from users

console.log("Peer connection closed");

D

peer.on('disconnected’, function(conn) {
console.log("Peer connection disconnected : " + conn);
console.log(new Date());
if(conn !'= myPeerID) {
return
}
setTimeout(function () {
connectToServerWithld();
}, 5000);

/I peer.reconnect()

D

peer.on(‘error’, function(err) {
console.log(new Date());
console.log("Peer connection error:")
console.log(err)
if("unavailable-id" == err.type) {
/I 1D Already taken, so assigning random ID after 3 attempts
peerldAlreadyTakenCount++;

if(peerldAlreadyTakenCount >= 3) {



peerldAlreadyTakenCount = 0;
myPeerID = generateRandomID(4);
}
} else if ("peer-unavailable" == err.type) {

myapp.showError(err.message)

D

function connectTold(id) {
if(lid || peer.disconnected)
return;
var requestedPeer = id;
if (lconnectedPeers[requestedPeer]) {
/I Create 2 connections, one labelled chat and another labelled file.
var ¢ = peer.connect(requestedPeer, {
label: ‘chat’,
serialization: 'none’,
metadata: { message: 'hi i want to chat with you!" }
D;
c.on(‘open’, function() {
connect(c);

;

c.on('error’, function(err) { alert(err); });

/I File Sharing
Il var f = peer.connect(requestedPeer, { label: ‘file’, reliable: true });

Il f.on('open’, function() {



/[ connect(f);

Iy

I/l f.on('error', function(err) { alert(err); });

function sendMessage(peerld, msgText) {

if(connectedPeers[peerld]) {
var conn = connectedPeers[peerld]

conn.send(msgText)

function initializeLocalMedia(options, callback) {

if(options) {
options['audio’] = true;
if(options['video'])
options['video'] = true;
}else {
options['audio’] = true;

options['video'] = false;

/I Get audio/video stream
navigator.getUserMedia(options, function(stream) {

/I Set your video displays



window.localStream = stream;
myapp.setMyVideo(window.localStream)
if(callback)
callback();
}, function(err) {
console.log("The following error occurred: " + err.name);

alert('Unable to call ' + err.name)

D

function makeCall(callerID, isVideoCall) {

console.log("Calling..." + callerID)

var options = {audio: true},
if(isVideoCall)

options['video'] = true;

initializeLocalMedia(options, function() {
myapp.showVideoCall(options)
var call = peer.call(callerID, window.localStream, { 'metadata’ : options });

callConnect(call)

D

function acceptincomingCall() {
var call = window.incomingCall,
var metadata = call.options.metadata;

console.log(metadata);



initializeLocalMedia(metadata, function() {
call.answer(window.localStream);
myapp.showVideoCall(metadata);

callConnect(call)

D

function rejectincomingCall(reCall) {

var call = reCall || window.incomingCall;
var metadata = call.options.metadata;
console.log(metadata);
console.log("Rejecting incomingCall™)
call.answer();
setTimeout(function () {

call.close();

}, 1000)

function endCall() {
if(window.existingCall)
window.existingCall.close();

window.existingCall = null

function muteAudio(status) {
if(status == false)

status = false



else
status = true

if(window.localStream) {
var audioTracks = window.localStream.getAudioTracks()
if(audioTracks && audioTracks[0])

audioTracks[0].enabled = status;

function muteVideo(status) {

if(status == false)
status = false

else
status = true

if(window.localStream) {
var videoTracks = window.localStream.getVideoTracks()
if(videoTracks && videoTracks[0])

videoTracks[0].enabled = status;

function closeConnection(id) {
var conns = peer.connections[peerld];

if(connectedPeers[peerld]) {
var conn = connectedPeers[peerld]

conn.send(msgText)



/I Make sure things clean up properly.
window.onunload = window.onbeforeunload = function(e) {
if (N'peer && !peer.destroyed) {
peer.destroy();

function fetchOnlinePeers() {
$.ajax("https://" + PEER_SERVER + "/peerjs/" + myPeerID + "/onlineusers")
.done(function( data ) {
/I console.log(data);
if(data.msg == 'Success') {
data.users.splice(data.users.indexOf(myPeerID), 1)

myapp.updateOnlieUsers(data.users)

D

/' Update Online users on every 5 seconds
setinterval(function () {
fetchOnlinePeers()

}, 5000)

return {
makeCall : makeCall,
endCall : endCall,

sendMessage : sendMessage,



connectTold : connectTold,
connectToServerWithld : connectToServerWithid,
acceptincomingCall : acceptincomingCall,
rejectincomingCall : rejectincomingCall,
muteAudio : muteAudio,

muteVideo : muteVideo

Ho;
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