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ABSTRACT

GeoCommunicator is a web-based communication application, which consists of
various types of communication combined with location-based services. The WebRTC
technology provides the users with richer communication, which is more powerful than
conventional ones. WebRTC works on a browser-to-browser or Peer-to-Peer connection. The
purpose of WebRTC is to help create a real-time communication on the web that works across

multiple web browsers, both on PCs and mobile devices.

A WebRTC application developed in the thesis supports both audio and video calls
including functions for making calls, receiving calls, hanging up calls, chatting,
adding/updating/deleting contacts, calling with location services or so-called “GeoCall”,
doing video conference/meeting, sharing files, and sharing screens. A user can search for a
contact in a directory of an organization. The system can detect who is currently talking
during the conference meeting and can focus the video on that person. The user can draw
notes/diagrams on a shared meeting whiteboard, and he/she can send email to invite other

people to join a videoconference.

In this thesis, we also design and develop a contact directory to work with our
GeoCommunicator in which we apply a concept of tags and a tree organization structure as
the way of contact classification. The tools we used to develop the WebRTC application are
HTMLS, JavaScript, and WebSocket, for the rest of the development we use Django, a

Python web framework, and PostgreSQL to develop it.
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Chapter 1

Introduction

In everyday life, most people employ communications technology for their business,
transportation and education. The communication on the Internet and wireless network
technology supports exchanging of ideas in a convenient way. In this thesis we realize an
importance of WebRTC technology, which can provide communication on the web, therefore

we develop a web application namely GeoCommunicator using this technology.

A WebRTC application uses VOIP to connect people easily and this saves costs over
traditional phone communication. WebRTC enables a web Peer-to-Peer communication using

voice and video in real time without requiring any extra plugins.

The browsers that can support WebRTC are Chrome and Mozilla Firefox. The
purpose of WebRTC is to help build a real time communication platform that work across

multiple web browsers running on PCs and mobile devices.

A WebRTC application is developed for everyone. The WebRTC technology can
enhance the ability of communication inside the organization, and enables the organization to

reduce costs of voice/video communications substantially.

1.1 Objective
1. To develop a web application by using WebRTC APIs HTMLS, JavaScript and

Python with the following features:
1. Videoconference.
2. Geo-call.
3. Map location.
4. Collaborative Drawing.
5. Contact directory.
6. Instant messaging.
7. Collaborative framework of 1-6.

2. To develop GeoCommunicator to run on a PC and a mobile device running a web

browser supporting WebRTC.



3. To understand how to configure and set up signaling server.
4. To design a contact directory which works with different sorts of communications

relevant to our GeoCommunicator.

1.2 Motivation

We have found that existing voice-over-IP (VOIP) technology is not suitable to run
on a web platform; as a result we investigate WebRTC in this thesis in order to solve this
problem. WebRTC technology provides a real-time voice and video communication
capabilities to run across web platform. It can enhance the ability of communication and save

cost because it is flexible to integrate with another web technology.

Web developers can access to WebRTC technology simply by using its JavaScript
APIs. A WebRTC application is easier to implement compared with a VOIP desktop
application and also there are many Open Source Software that can be used to develop a web

application.

As WebRTC is the main technology for the software development in this thesis, it is a
good opportunity for us to study and learn its great potential, while we can also learn how to

develop a web application using databases, which is new to us.

1.3 Scope of work

The summary of our scope of work is:
* Developing communication tools using WebRTC, that is

o Videoconference: Demonstrate the communication function. Each client cans
video call to each another. Clients can videoconference to cach other up to 5

people.

o Geocall: Client can call to another client directly by click real time icon on

the map.

o Whiteboard: Additional draw collaboration called “Whiteboard”. Draw
collaboration user can share creative idea by drawing anything to the

whiteboard.

o Instant messaging: Provide instant message to another clients among web

browser in real-time.

o File sharing: Provide file sharing between clients. When client chat they can

also sent file directly to each other.



Screen sharing: Provide screen sharing between clients. When client are in
session of conference they can share their own screen window to other client.
Set up, Install, and Implement Signaling Server and Webserver on real server

in Thai Red Cross Society to support WebRTC.

¢ Developing a contact directory with the following functions and work:

O

Search contact by organization or by employee: User can search by employee

or by organization from the directories of Thai Red Cross Society.

Implement database on PostgreSQL to store contact of each client for people,

company, and government sector.

Implement database that can store Tag search in Python Programming

Language.
Friend feature: user can invite, chat, conference directly to their friends.

Collect log data of every activity: The system can collect log data of every

activities e.g. chat history and call history.



1.4 Project activities

A diagram of sequential activities as shown below can illustrate the activities we conduct

during the project.

1. Define the services 12. Write thesis and

1equued for the system document

2. Observation of existing L Opelatlon and
systems maintenance

7. Design Use case

6. Keep track of changes

to those requirements diagram

~
[ 3. Understand principle of 10. System testing

WehR TC J_l : Y ; T J
\ - \

4. Install Developing 9. Implementation and
software coding J
) 8,

5. Design User Interface 8. Design database of

contact directory

Figure 1.1 sequences of activities of the project

In the beginning, we define what services are required for the system and develop an
understanding of the problem domain. Secondly, we observe the existing system, for
example, we study video chat features and search contact directories from Skype application
then we study the principle of real-time communication and WebRTC Technology. We also
study WebRTC APIs and study an example of WebRTC client. Next we install software-
developing tools. After this we design a user interface of GeoCommunicator and then keep
track of changes to these requirement. Furthermore, we describe the external behavior of the
system by using use case diagram. Next we design ER diagram of contact directory in Thai
Red Cross Organization. Afterward, we implement the system. Later we do system testing

and maintenance. Finally we write a thesis for this software project.



1.5 Structure of this thesis

The sections of the report include:

¢ Chapter 1 explain the Introduction of the project, Motivation, Objective, Scope of work,

Procedure, and Structure of this thesis
*  Chapter 2 will explain Problem description and Review of related work

¢ Chapter 3 explain Background Knowledge the theory and other knowledge relevant to the

project

* Chapter 4 Requirements and Analysis explain overall requirements of the system,

Relevant system analysis diagrams

* Chapter 5 Software Design explain overall architecture of the software, the functionalities

and the design of each component of the system

* Chapter 6 Development explain the development process, technique, and tools that we

chose

* Chapter 7 Experimentation illustrates the flow of the usage of our system. Describe the

result of the experiment

* Chapter 8 Evaluation and Discussions the effectiveness and the deficiencies of the

software developed

¢ Chapter 9 Conclusion explain summary, lessons learned, problems and obstacles, and

further work



Chapter2

Problem Description and Related Work

2.1 Problem Description

Nowadays VOIP technology is not supported on the web. Developers have to

implement it on other platforms. The communications on a web technology can support the

exchanging of voice, video and data better than the other communication technologies.

WebRTC technology is a communication via the Internet that aims to solve these problems.

In this chapter we will focus on a problem regarding communication tools and review

of the related work.

2.2 My proposal

In this project we will investigate the WebRTC technology in order to

develop the so-called "GeoCommunicator” which had these properties:

GeoCommunicator is a communication tool that consist of various features of
communication by using map-location information, WebRTC technology, and
HTMLS to provide richer user experience and more powerful than normal

communication.
All of these tools can work for collaborative communication.
Develop communication tool that can cooperate with Geolocation service.

A web-based communicator for real-time communication of voice, video, short

messages, etc. Using WebRTC APIs, JavaScript, Python, HMLS5

With its rich contents, open standard, and social-networking capability the web

will create a future powerful human communication.

Develop GeoCommunicator for a PC and a mobile device running a HTMLS5 web

browser-supporting WebRTC.
Analyze, design contact directory that can work with GeoCommunicator

Enhance the GIS (Geographical Information System) web service for emergency
rescue with WebRTC real-time communication in Thai Red Cross Socicty

Organization.



2.3 Related Work

Currently, VOIP applications enable users to communicate on the Internet with
features such as file sharing, group conference calling, messaging, as well as one-to-one
communication. Although this technology is developed for PCs and mobile devices, it is not

supported on the web technology.

2.3.1 Skype

Skype is primarily a VOIP service and the most popular free voice and audio
communication service in the world. Being different from other VOIP services, Skype is a
hybrid peer to peer and client-server system. Skype is changing how people communicate
with the integration of voice and instant messaging over the Internet into one application.

Talk when you want and type when you want, and switch between the two as you wish.

The service allows users to communicate with peers by voice using a microphone,
video by using a webcam, and instant message. Calls to other users within Skype are free of
charge, you pay nothing more than the monthly Internet service, and while calls to landline
telephones and mobile phones are charged. Skype allows user to know, if a friend is offline,
when she is willing to communicate. Skype also include other features such as file transfer

and videoconference.

The Skype software can be downloaded freely from www.skype.com. Users need to
install Skype application on their computers, or smartphones to begin making VOIP calls.
Skype clients are supported on Windows, OS X, iOS, Android, BlackBerry, Kindle, smart
TV’s, X-Box, and PlayStation. User can update a new version of Skype to get the latest

features and improvements.

Calling Messaging

Figure 2.1 Skype’s features

We observed the contact directory feature from Skype application. The ability to

search Skype’s contact is a powerful feature.

* User can search by a Skype name, full name, or e-mail address, user can narrow their
search based on a set of filters.
*  Use the search for Skype User box to enter a full name, enter an e-mail address, and

enter a Skype name. Search by location.



¢ [Ifuser don’t know a name or e-mail address, user can try searching by location.
Select a country or region from drop-down list. Enter a city-state, or both by entering
the names into the boxes provided.

*  Search by language; select their language from drop-down list. Language searches
work best in combination with other parameters unless users are looking for
something very specific.

* Search by gender or age range. Search people in Skype Me mode; Skype can display
online status, and Skype Me mode is an online status that lets other people know you
are ready to receive call and chat from anyone. Skype Me mode box guarantees that

people that user find are people who want to talk.

2.3.2 Line

Line is an free application for instant messaging service with VOIP
technology on i0S, Android, Windows Phone, PC and BlackBerry that can be

used between iOS and Android as well as used between other operating

systems. Main properties of Line include instant message, free voice or video
calls with high quality and at any time you can talk as much as you want, send video/voice
message easily, send stickers and emoticons to their friends, customize wallpaper, group chat
(create and join groups where users can chat), play games, add friends/contacts. Later Line is
added with home and timeline features making communication more funny and convenient.
Examples of Home and timeline features are update of text status, pictures, videos, and
sending current or any specific locations with the highlight on stickers, which display

emotions.

In this thesis we studied the style and how to add contacts from Line which describe as

follows:

* Adding contacts from the list on the user’s mobile phone: If there are friends who are
using Line application, show Line symbol then one can add them as friends
immediately.

* QR code: scanning the QR code to add friends/contacts. User can create own QR
code for other people to scan QR code for adding friend in Line.

* Shake it: User shakes the phone in case of two user’s phone are together when they
shake at the same time, they can be friends.

*  Search by ID: can find friend from Line ID by typing Line ID of friend.



2.3.3  Google Now

Google Now is a service and an application in
Android operating system since the release of Android
4.1 Jelly Bean; it was developed by Google as a private
secretary to learn user behavior and present daily
advice to users without user is command. It tries to
predict what the information the user wants while the
user does not need to tell it and it tries to offer a short
explanation of the spot in the form of a new interactive
interface called the card, which is similar to a widget.
As Google is the leader of web search service so the
results are always acceptable. For instance, for image
search, it will show keyword immediately without
having to search on the web. It learns from the user

how to begin to work, and travel through a place on the

road. By the time user go out to work, Google Now will alert the user that it is the time to

kBasebau

Lunch with Mike

650 Costro St Mountain View, CA 94041

A Navigate 7 44 min

T wm 4

work now and tell the traffic along the road while the user is driving to work.

The format of Google Now cards:

* Traffic conditions base on the current and passed location. The user can specity the

routes where user needs to know such as a route to go to work

* Public transportation such as when the next bus will come. When users are getting

near to a bus stop, Google Now tells them what the bus schedules are.

* Next appointment and next event using data from Google Calendar

*  Flights; departure time, gate or building to go

* Sport results in real time and fixture of the next match. User can also buy or reserve

tickets as well

* Location information; when users are outside, Google Now will recommend and

show restaurant, bars and places where the user can go

*  Weather reports of current location and other parts of the world

* Translation from Google translate
*  Currency converter

* Local time and current time of other cities




Chapter 3

Background Knowledge

In this chapter we will explain the background knowledge that used for development of
GeoCommunicator, which includes WebRTC, Signaling Server, Django Web framework, and

map location services.

3.1 Introduction to WebRTC

WebRTC is a real-time multimedia communication technology fully integrated on

web browser in peer-to-peer via simple JavaScript APIs without installing any plugins.

For the first time, browsers will interact directly with other browsers. A real-time
audio and video call between two browsers is possible. Communication in such a scenario

might involve direct media streams between the two browsers.

The sequence of interactions involves following:
¢ The caller browser and the caller JavaScript application, through the JavaScript APIs.
*  The caller JavaScript application and the application provider (Web Server).
¢ The application provider and the receiver J avaScript application

* The receive JavaScript application and the receiver browser (again through the

application-browser JavaScript API).
WebRTC API Process:

1. Get User Media: Get User Media is available in Chrome, Opera and Firefox that
allows a web browser to access the camera and microphone. It represented a single
source of synchronized either audio or video. We use the getUserMedia() method in

JavaScript to access to these local media devices.

2. Peer Connection: Peer Connection is the top level API for WebRTC that set up
between two or more browsers and set up the audio/video calls. It is used to establish
a connection to the other clients and, it can be able to send data across the network.
After we create getUserMedia() method, we do this step to make a connection
between 2 clients. When the other side received the data, it will be coming up with a

new media stream for the getUserMedia() method.



3. RTC Data Channel: RTC Data Channel is similarly to the WebSocket of JavaScript
APIs. It’s used to send non-media data across the network to exchange data. We can

choose unreliable or reliable for the data.

3.1.1 How WebRTC works within a web browser

Figure 3.1 shows the browser model and the real-time communication function. The
RTC function interacts with the web application using standard APIs. It communicates with
the Operating System using the browser. WebRTC is the interaction that occurs browser-to-
browser called Peer Connection where the function in one browser communicates using on-
the-wire standard protocols with the RTC function in another browsers. While web traffic
uses TCP for transport, the on-the-wire protocol between browsers can use other transport
protocols such as User Datagram Protocol (UDP). The signaling Server provides the signaling

channel between the browser and the other end of the Peer Connection.

HTTP bil: ~

WebSocket HTTP o.r WebSocket
(Signaling)
Other APIs RTC APIs

» Media or Data

Native S Service

Figure 3.1 WebRTC in the Browser

The set of elements in WebRTC includes web servers, browsers running various
operating systems on many devices including desktop PCs, tablets, and mobile phones, and
other server. WebRTC enables communication among all these devices. A Peer Connection
establishes the transport for voice and video media and data flows directly between the

browsers. While we sometimes refer to the connection between the browser and signaling

11



server, it is not really signaling as used in telephony systems. Signaling is not standardized in
WebRTC as it is just considered part of the application. This signaling may run over HTTP or
WebSocket to the same web server that serves HTML pages to the browser, or to a

completely different web server that just handles the signaling.

3.1.2  Communication among multiple devices

WebRTC supports multi-party or conferencing sessions involving multiple browsers.
The way to do this; have each browser establish a Peer Connection with the other browsers in
the session. This is shown in Figure 3.2. Each browser establishes a full mesh of Peer
Connection with the other browsers. For audio, this might mean mixing the media received
from each browser. For video, this might mean mixing the media received streams from other
browsers to different windows with appropriate labeling. As new browsers join the session,

new Peer Connection is established to send and receive the new media streams.

Web Server
(Application)

Browser A Browser C

Peer Connection
Peer Connection =

& 0O fv@aT

Browser R

Figure 3.2 Multiple Peer Connections

12



WebRTC enables peer-to-peer communication.

WebRTC still need a server for clients to exchange metadata and to coordinate
communication, this is called “signaling” this is cope with network address translators (NAT)
and firewalls. In this section we will explain how to create a signaling service and the
mechanism to do with the real-world communication by using STUN and TURN servers. In
addition we explain the method how WebRTC handle multiple calls and interacts with

services such as VOIP.

Signaling is the process of coordinating communication for a WebRTC application to

set up a 'call' that clients use to exchange the following information:

*  Session control messages.

¢ Error messages.

*  Codecs and codec settings, bandwidth and media types.
* Key data to establish secure connections.

* Host's IP address and port.

The reason why signaling is not defined by WebRTC is to avoid redundancy and
maximize compatibility using established technologies, therefore signaling methods and

protocols are not specified by WebRTC standards.

3.1.3 Signaling security

Encryption is needed for all WebRTC components. However, signaling mechanisms
are not defined by WebRTC standards, If an attacker manages to hijack signaling, they can
stop sessions, redirect connections and record, alter or inject content, so it depends on you to

make signaling secure.

The most important thing in securing signaling is to use secure protocols, such as
HTTPS and WSS (i.e. TLS), which ensure messages cannot be intercepted unencrypted. Also
be careful not to broadcast signaling messages in a way that other callers using the same
signaling server can access them. To secure a WebRTC signaling can uses TLS (transport

layer security).



3.1.4 Building a signaling service with Socket.io on Node

e Using Node.js

® Node,js Its uses concept of a server side JavaScript asynchronous

event-driven model, which is good to work with real time.
e Using socket.io
® Socket.IO is a JavaScript library for real-time web applications.

¢ It has two parts: a client-side library that runs in the browser, and a

server-side library for node.js it is event-driven on server side.
e Using “Signaling Server” Software

¢ A simple signaling server for clients to connect and do signaling for

WebRTC.

® Specifically created as a default connection point for

SimpleWebRTC.js from SimpleWebRTC.com

® How to Setup and run Signaling Server

(1) Install node.js (2) Install socket.io (3) Running “Node Server.js” on

terminal

3.2 Django Python Web Framework

Django is a high-level Python web framework that encourages rapid development and
clean, pragmatic design. It was designed to make common websites, web applications and
web service. We learn about MVC web framework, which is written in Python, a powerful

and popular programming language.

The MVC pattern of the web development consists of

Request

Controller

Figure 3.3 component of the MVC pattern



* Models: Describes your data structure/database schema.

* Views: Controls what a user sees.

e Templates: How a user sees it.

¢ Controller: The Django Framework, URL parsing.
3.2.1 why we adopt Django as our Web framework

The reason why we use Django as the web framework to change GeoCommunicator is the

following:

¢ The web framework is based on Python, which is our language chosen for server side

system development.

* Django lets us divide codes into logical groups or MVC pattern to make it flexible to

change
* Itprovides auto generated web admin to ease the website administration
* It provides pre-packaged API for common user tasks

* It provides you templates system to define HTML templates for your web pages to

avoid code duplication

3.3 Map Location Service

Location Services arc web services which make use of location information.
Depending on our device and available services, Location Services uses a combination of
Internet network and Geographic Information System to determine user location on the

screen.

WebRTC application can show user location including Maps, indicate user current
location using a marker. Maps, directions, and location-based depend on data services. These
data services are subject to change and may not be available in all geographic areas, resulting

in maps that may be unavailable, inaccurate, or incomplete.

The Geographic Information System is a powerful tool, which provides an excellent
means to effectively support planning, and decision-making processes. GIS has been being
used widely, especially on website application to provide location services. In this project, we
apply GIS technology with website application to provide emergency service. The application

includes two main components, which are friendly map viewer and GIS tools. Tools are

15



provided for user to interact with the map in order to request for rescue such as zooming,

panning the map, pin location on the map to send requests.

We use HTMLS to provide user interface and JavaScript language to develop the
application. There are two libraries of JavaScript that play the main role in this project which
are OpenLayers for creating map and providing tools, and also JQuery for handling event,

animation and manipulation.

Our software focuses on how to apply GIS and WebRTC technology to help
providing a better emergency service of the Thai Red Cross organization in order to help

saving people’s lives.

OpenLayers is an open source JavaScript library for viewing map data on a web
browser. It provides an API for building rich web-based geographic applications similar to
Google Maps and Bing Maps. The library was originally developed based on the Prototype

JavaScript Framework.

Geo-location is the identification of the real-world geographic location of an object,
such as radar, mobile phone or an Internet-connected computer terminal. Geo-location allow a

web application to access current location of the device running the web browser.
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Chapter 4

Requirement Analysis

WebRTC application supports audio and video calls including the function of chat,
add/update/delete contact, Geo-call, create conference room, join conference room, share
files, share screen. Client can search contact by organization or employee. The system can
detect who are talking in conference mode and focus on video of that person. Draw/Erase

Whiteboard. Send Email; client can send email to invite other people to join videoconference.

4.1 Requirements

4.1.2 System Functional Requirements

1. Implement WebRTC application to supports audio and video calls, Conference.

2. The system can communicate two-way or conference real-time communication

between web browser and web browser, instant messaging among web browser.
3. The system will automatically locate the current position of user.

4. User can find near friend on map.

5. The system can add, update and delete contact.

6. System allow user to find contacts.

7. User can videoconference to each other up to 5 people.

8. The user can use Geo-call to another users by click real time icon on the map to

invite friend to communicate.

9. User can search person in organization by Tag search, search for organization to

communicate with. For example Fire station, Police station.
10. User can share screen and share file between the users

I'1. The system can detect who are talking in conference mode and focus on video of

that person.
12. The system can use on cellular or 3G, 4G network.
13. User can draw or paint picture together to share ideas casily.

¢ Draw area call whiteboard

17
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¢ Whiteboard can draw/erase line, shape, change size of line, change Colors,
typing text in whiteboard

¢ User can download picture to theirs device
14. User can send short message to invite in conference to their friends.

15. User can call directly by using phone number in directories

4.1.3 Non-System Functional Re(]uirements

1. Using HTMLS to implement GUI that contains functions:

* The application allows user to create and join Room for Conference.

* The application shows screen room that already created.

* Application shows the screen of input box and allow user to typing message
and show screen of conversation

* Application shows the screen of video calling that contain self view and
remote view while user is calling

* Implement interface login and logout form
2. Using Web socket and HTMLS5 canvas to implement whiteboard function.

3. Session and data of videoconference, chat message, collaboration drawing must be

secured.

4. Video conference must work across platform.

4.2 System Analysis

4.2.1 Use case Diagram

Contact drectory

Member

Figure 4.1 Use case Diagram Contact Directory
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Communication tools

1
1

<<lInclude>>
use

i
<<3ncludg> >
use

1

membe

1
<<lnclqde>>

Figure 4.2 Use case Diagram Communication tools

4.2.2 Use case Description

GeoCommunicator consists of 2 parts: Contact Directory and Communication tools

Use case: Log in

Actor: Client

Overview: This use case describes the first time that client need to use WebRTC application,
the client must log in into the system by input username and password. Next click login
button. If the clients do not have username and password, they can register before login into

the system.

Use case: Log out

Actor: Client

Overview: This use case describes when the client has finished, they can log out by clicking

log out button.




Use case: Add/Update/Delete contact

Actor: Client

Overview: This use case describes a client this use case describes Client add the information
of contact into the system. Their details including first name, family name, phone number,
address, email, and job position. The client can add, update, view, search, and delete contact. .

If client wants to delete a contact, he simply chooses the remove option.

Use case: Make call

Actor: Client

Overview: This use case describes a client call to another client. WebRTC supports audio and

video calls, Conference.

Use case: Receive call

Actor: Client
Overview: This use case describes allow client to answer calls at another clients.

Use case: Hang up call

Actor: Client

Overview: This use case describes if the conversation is ended or the client gets unwanted

call, the client can press Hang up button.

Use case: Chat
Actor: Client

Overview: This use case describes if the clients who are already log in, they can chat among

web browser to each other.

Use case: Draw/ Erase whiteboard

Actor: Client

20




Overview: Client can draw or paint picture together to share ideas easily. Whiteboard can

draw/erase line, shape, change size of line, change colors, typing text in whiteboard

Use case: Geo Make call

Actor: Client

Overview: This use case describes a client call to another client directly by click real time

icon on the map. WebRTC supports audio and video calls and Conference.

Use case: Geo Receive call

Actor: Client

Overview: This use case describes allow client to answer calls at another clients.

Use case: Geo Hang up call

Actor: Client

Overview: This use case describes if the conversation is ended or the client gets unwanted

call, the client can press Hang up button.

Use case: Send Email

Actor: Client

Overview: This use case describes client can send email to other client.

Use case: Detect speaking user

Actor: Client

Overview: This use case describes the system can detect who are talking in conference mode

and focus on video of that person.
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Use case: Create Conference Room
Actor: Client

Overview: This use case describes in case of calling more than two people client can
conference to communication. Client can create room to wait other people to join the session

of room conference.

Use case: Join Conference Room

Actor: Client

Overview: This use case describes when the client get session key from owner room, they can

join directly to the conference room.

Use case: Share Files

Actor: Client

Overview: This use case describes when client chat, they can also sent file directly to each

other.

Use case: Share screen

Actor: Client

Overview: This use case describes when clients are in session of conference; they can share

their own screen window to other clients.

Use case: Search by employee/organization

Actor: Client

Overview: This use case describes client can search by employee or by organization from the

directories of Thai Red Cross Society.
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Chapter 5

Software Design

5.1 System architecture of GeoCommunicator

Whiteboard Videoconference Chat

G &

Geo Call  Account Management

§ 2. WebSocket Directory

Signaling Server

Node.js Websocket.io

Figure 5.1 System architecture

GeoCommunicator contains 2 main parts, which are communication tools and
databases. The detail of each part is described below.
e Communication tools
o Videoconference: Demonstrate the communication function. Each client

cans video call to each another. Clients can videoconference to each other up

to 5 people.

o Chat: Provide instant message to another clients among web browser in real-

time.
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o Whiteboard: Additional draw collaboration called “Whiteboard”. Draw
collaboration user can share creative idea by drawing anything to the

whiteboard.

o Geocall: Client can call to another client directly by click real time icon on

the map.

® Databases
o Contact directory database: Search contact by organization or by
employee: User can search by employee or by organization from the

directories of Thai Red Cross Society.

o Account database: Management of account
System architecture description

Client as a user member that login to web application using HTTP/HTTPS
protocol then user can view contact list of directory database.

User can use communication tools such as videoconference, chat, draw
whiteboard, view contact in map, each time they communicate to other user they will
using WebSocket protocol to register to signaling server that can locate user IP
address, then user will use WebSocket to transport data to each other.

In case of using map we will sent data of geo location to map-server by HTTP
protocol and view where are we, to make decision which other friend in map we want

to communicate with.

5.1.1 Communication flow of the system

In practice most devices many live behind more layers of NAT, some of them have
anti-virus software that blocks certain ports and protocols, and many of them are behind
proxies and corporate firewalls. The similar device, such as a home Wi-Fi router, may in fact

implement a firewall and NAT.
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Signalling Signalling

Peér

Figure 5.2 Peer-to-Peer Client a communicate with Client B

WebRTC apps can use the ICE framework to overcome the complexities of real-
world networking. To make this happen, your application must pass ICE server URLs to RTC

Peer Connection, as described below.

ICE tries to find the best path to connect peers. It tries all possibilities in parallel and
chooses the most efficient option that works. ICE first tries to make a connection using the
host address obtained from a device's operating system and network card; if that fails ICE
obtains an external address using a STUN server, and if that fails, traffic is routed via a

TURN relay server.
STUN server is used to get an external network address. TURN servers are used to

relay traffic if direct (peer to peer) connection fails.
5.1.1.1  STUN

STUN servers are on the public internet and have one simple task is to check the
IP:Port address of an incoming request and send that address back as a response. This process
cnables a WebRTC peer to get a publicly accessible address for itself, and then pass that on to
another peer via a signaling mechanism, in order to set up a direct link. WebRTC calls
successfully make a connection using STUN but though this can be less for calls between

peers behind firewalls and complex NAT configurations.
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5.1.1.2 TURN

RTCPeerConnection tries to set up direct communication between peers over UDP. If
it fails, RTCPeerConnection resorts to TCP. If that fails, TURN servers can be used as a
fallback, relaying data between endpoints. TURN is used to relay audio/video/data streaming

between peers, not signaling data.

TURN servers have public addresses, so peers can contact them even if the peers are
behind firewalls or proxies. They have a conceptually simple task to relay a stream, but unlike

STUN servers they inherently consume a lot of bandwidth.

The diagram below shows TURN in action: pure STUN didn't succeed, so each peer

resorts to using a TURN server.

Signalling Signalling

TURN server TURN server

STUN server STUN server

Figure 5.3 the full Monty: STUN, TURN and signaling
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-y ‘ Web Server ! Signalling Server
Client A
E.] 0) Provide WepService 0) Provide gignalling channal

1) Connect to Web Server 1) Connect to Web Server
€
2) Connect to Signalling Server 2) Connect to Signalling Server
— : :
3) Set upHPeerConnection 4) Send OFFHR to Server

— 5) Distribute Sianaling to other client

6) Accept signalingf OFFER

<—
7) Set up PeerConnpction

8) Send ANSWER to Server

9) Distribute signalling to other client <

F‘ 10) Accept signalling : ANSWER 11) Sent OK to Server

12) Set up Peei" tonnection

< i ~ X3) Direct StreamingEstablighed g : >

Figure 5.4 Peer-to-Peer Client a calling Client B

Figure 5.4 Peer-to Peer Client a calling Client B Description

1. Step web server and signaling server are running service. Web server contains the

web content,
2. Signaling server provide signaling channel for WebRTC client.

Suppose Client A want to call to Client B. client A will connect to web server to

W

download HTML and JavaScript then JavaScript file is automatically connected to

Signaling server to register their IP address.

4. When Client B connect to web server to download HTML and JavaScript same as
Client A. Signaling server will know that every Clients are online then Client A will

set up Peer Connection then send OFFER to Signaling server.
5. Signaling server will distribute signaling to other Clients (Client B).

6. Client B will be accepted Signaling: OFFER and set up Peer Connection then send
ANSWER to signaling server.

7. Next, when Signaling server gets answer from Client B, the server will distribute
Signaling to Client A. Client A accept signaling: ANSWER then send OK to

Signaling to server.

8. Finally, Signaling will provide Peer Connection for Client A and B. And the data

between Client A and Client B will directly be streaming established
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5.2 Design of contact database

The design of contact directory we collect data of organization as hierarchy.

Collect word of each organization as tags to search later. Tags searching aim to help user

easier to find tight result.

5.2.1 Hierarchy

Logically a hierarchy can be modeled as a rooted tree: the root of the tree forms the
top level, and the children of a given vertex are at the same level, below their common parent.
A child node does not allow being a parent of a node on a high level. To implement this, a
hierarchy can be modeled using a graph or a pre-order relation on the set of items.
Alternatively, items of like type can be grouped together, and the hierarchy can be modeled

using a partial order relation on the set of sets-of-like-items.

5.2.2 Tags

A tag is a keyword or term assigned to a piece of information (such as an Internet
bookmark, digital image, or digital content). This kind of metadata helps describe an item and
allows it to be found again by browsing or searching. Tags are generally chosen informally

and personally by the item's creator or by its viewer, depending on the system.

We use the “Objected-Oriented” Concept to create data model of contact database in
Django. From hierarchy of Thai Red Cross Organization Chart we start from the top level to

the end of level.
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Thai Red Cross Society Organization Chart

H.M. King Bhumibol Adulyadej.
Patron.

H.M. Queen Sirikit.
President,

............. The Council

H.R.H. Princess Maha Chakri Sirindhorn.
Executive Vice-President.

---------- Executive Committee
Thai Red Cross Children Home——

Provincial Red Cross Chapters———]

— Secretary—— Treasurer

General
Nutrition Department —| ;
for Chitralada Palace Assistant Treasurer
Eye Bank —
Rehabilitation Centre — Assistant

AIDS Research Centre —| Secretary General
Organ Donation Centre —|
Information Technology Centre—
Centre for Training of —

First Aid and Home Health care

Administration Office —- Finance Bureau
Central Bureau - Fund Raising Bureau
King Chulalongkorn Memorial Hospital |- Personnel Bureau
Queen Sawang Wadhana Memorial— Queen Saovabha Memorial

Hospital in Sri Racha Institute

Relief and Community Health Bureau - Red Cross VYolunteers Bureau

Red Cross College of Nursing]- Red Cross Youth Bureau

National Blood Centre - Property Management Bureau

Figure 5.5 Thai Red Cross Organization Chart
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5.3 Class Diagram

Figure 5.6 Class Diagram of Thai Red Cross Society Organization Chart
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5.3.1 Class Diagram Description

Class “Thai Red Cross”

The top level is “Thai Red Cross” contains attributes; The council of Red Cross
chairwoman, Red Cross Committee, Director of Red Cross chairwoman equipment, The
Provincial Red Cross chapter, Executive Director, Secretary, Treasurer, Secretary Assistant,
Treasurer Assistant, Staff Committee. This class contains class “Office”, “Specialized
Agencies”, “Special Unit” and “Thai Red Cross Station”. This class associates with class

“Public Utility”, “Partnership”, “Hospital”.

Class “Public Utility”

This class contains attributes; Electricity authority, Water Supply, Bus Terminal,

Railway Station.

Class “Partnership”

This class contains attributes; Fire Station, Pohtecktung.

Class “Hospital”

This class contains attributes; Phanakon Side, Thonburi Side, Nonthaburi Side,

Pathumtani Side, Samutprakan Side.

Class “Office”

This class contains attributes; Chulalongkorn Hospital, Queen Savang Vadhana
Memorial Hospital, Queen Saovabha Memorial Institute, Relief and Community Health
Bureau, College of Nursing, National Blood Centre, Office of Administration, Thai Red
Cross Chapters Administration Office, TRCY Volunteer, Finance Office, Management
Office, Fundraisng Office, Central Office, Volunteer Office. This class contains class

“Person”.
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glasé “Specialized Agencies” —{

This class contains attributes; Eyes Center, Center for Rehabilitation Medicine,
Center for AIDS Research, Center for Organ Donation, Center for Information Technology,

Center for Health and First Aid Training. This class contains class “Person”.

Class “Special Unit”

This class contains attributes; Office of Nutrition Suan Chittralada, Red Cross
Orphanage, Property Management Office, Office of Inspector, Office of physical systems

management. This class contains class “Person”.

Class “Thai Red Cross Station”

This class contains attributes: Red Cross station 1 in Surin, Red Cross station 2 in
Bangkok, Red Cross station 3 in Chaingmai, Red Cross station 4 in Nakornradchasrima, Red
Cross station 5 in Samutprakarn, Red Cross station 6 in Sakaew, Red Cross station 7 in
Ubonradchatanee, Red Cross station 8 in Petchaburi, Red Cross station in Prajuab, Red Cross
station 11 in Bangkok, Red Cross station 12 in Nakornsritammarat, Red Cross Station 13 in

Tak.

Class “Person”

The end of level contains attributes; 1d, -firstname, lastname, email, phoneNumber,

streetAddress, streetAddress, region, postalCode.




Chapter 6

Development

In this chapter we will describe technique to implement each component in system,

including tools and resource that involve in development process.

Map
Server

1. HTTP

Whiteboard

Videoconfcc

@ &

Geo Call  Account Management

Chat

l 2. WebSocket

Signaling
Server

Figure 6.1 System Architecture

6.1 Web application development

GeoCommunicator consists of 2 component; client side application and server side

application.

6.1.1

Client Side Application

HTMLS: It is a markup language used for structuring and presenting content on the

web browser. HTMLS5 contains many features to support for the latest multimedia and

also WebRTC technology.

JavaScript is used to develop our client-side application running on a web browser

SimpleWEBRTC js is a JavaScript library to implement the WebRTC
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¢ The lists of web browser that supported WebRTC application
- PC
¢ Google Chrome more than version 23
® Mozilla Firefox more than version 22
® Android
¢ Google Chrome more than version 28

® Mozilla Firefox more than version 24

6.1.2  Server Side Application
¢ Signaling Server:

® Using Socket.io is a JavaScript library for real-time web
applications. It has two parts: a client-side library that runs in the

browser, and a server-side library for node js it is event-driven.

® Node.js: Contains a built in HTTP server library to run a web server
without the use of external server and uses the concept of a server
side JavaScript asynchronous event-driven model, which is suitable

to work with Real time.
®  Signal Master
® In Ubuntu Server 12.04 LTS OS.
* Database:

*  Django is a high-level Python web framework that encourages rapid

development and clean, pragmatic design.

* PostgreSQL is Open Source Database
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6.2 Implementation of communication functions
6.2.1 Videoconference
1 function openroom ()
2 i Get room name for create
3 window.open (location.href);
4 } session from URL that follow
5 var room = location.search &&
6 | location.search.split ('?')[1]; by “?” operator.
7 var valname =$ ('#namelnput')
8 $('#sessionInput') .val("room")
9 valname.val ("owner")
10
I
12 funetion room_ created()
13 5 i{
14 var btn=document.createElement("BUTTON");
15 var t=document.createTextNode (location.search &&
16 | location.search.split ('2')[17]);
1)
18 btn.appendChild(t) ;
;g : document .body.appendChild (btn) ; Create our WebRTC
21 connection
22 | /[ create our webrtc connection
23| yar webrtc = new SimpleWebRTC ({
;g // the id/element dom element that will hold "our" video
By localVideoEl: 'localVideo!',
27 // the id/element dom element that will hold remote videos
28 remoteVideosEl: 'remotes',
29 // immediately ask for camera access
30 autoRequestMedia: true,
3 debug: true,
32 detectSpeakingEvents: true,
33 autoAdjustMic: false
34 Jo
35
36 | // when it's ready, join if we got a room from the URL
37 webrtc.on ('readyToCall', function () { i
22 // you can name it anything Use to join conference room
20 if (room) webrtc.joinRoom (room) ; \Vhensﬁayinthesanle[IRL
7 H)
42 ;
function setRoom(name) {
43 S('form') .remove () ;
jé $('hl').text ('"Room :'+ name) ;
//%("#subTitle').text ('Link to join: ' + location.href);
jg $('body') .addClass ('active');
$("#slide_container_show > #slide container > #slide _page > #phone >
jg fcontact-list > 1i > sip").text ('Room : '+name);
//$("#slide_container show > #slide_container > #slide page > #phone >
gg #contact-list > 1i > name") . text (valname.val ());
//room created();
52 ) =
53
ok if (room) {
55
setRoom (room) ;
SS } else {
$('form') .submit (function () {
28 var val = $('#session1nput').val().toLowerCase().replace(/\s/g,
5 9 ¥ |l A T
.0 -') .replace (/["A-Za-z0-9 \-]/g, )7 .
61 webrtc.createRoom(val, function (err, name) {
62 console.log (' create room cb', arguments) ;
63
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64 var newUrl = location.pathname + '?' + name;

65 if (lerr) {

66 history.replaceState ({foo: 'bar'}, null, newUrl) ;
67 setRoom (name) ;

68 } else {

69 console.log(err);

70 1

T 1)

72 return false;

(7.8 1)

(el : Function of screen sharing
75 | // Screen sharing
76 | var button = $ ('#screenShareButton'),

il setButton = function (bool) {
zg button.text (bool ? 'share screen' : 'stop sharing');
80 }l

81 setButton (true) ;
82
83 button.click (function () {

84 if (webrtc.getLocalScreen()) {

85 webrtc.stopScreenShare () ;

86 setButton (true) ;

87 } else {

88 webrtc.shareScreen (function (err) {
89 iffe=1(

90 setButton (true) ;

91 } else {

92 setButton (false);

93 }

94 1) g

95
96 )
oL 0%

98
99

6.2.2 Function for Chat

1 <scripgR

2 // grab the room from the URL

3 var room, nick, query,

4 $messages = $('#messages');

5]

6 if (location.search) query =

7 location.search.splne( "M 0112 sofe (' &' )

8 if (query && query.length) ({

9 for (var i=0, l=query.length, item, key, val; i<l; i++)
10 | ¢

11 item = query[i] && query[i].indexOf ('=") !== -1
12 query[i].split('=') : null;

13 if (item) {

14 key = item.shift();

15 if (item.length) val = item.shift () ;
16 if (key === 'room') room = val;

17 if (key === 'nick') nick = val;

18 }

19 }

20 }

21 function renderChat (message) ({

2:2

23 Smessages.append($ ('<1i/>').addClass ('message’) .html ('<span>' +
24 | message.from + ':</span> ' + message.msqg));

25 }

26 if (room) {

27 $ ('#room, #room label').hide () ;
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29
30
31
32
33
34
35
36
37
38
39
40
41
42
43
44
45
46
47
48
49
50
51
52
53
54
55
56
57
58
59
60
61
62
63
64
65
66
67
68
69
70
i
72
73
74
75
76
77
78
79
80
81
82
83
84
85
86
87
88
89
90
91

$ ('#room_btn').text ('Set Nickname') ;
$('h1').text('Chatting

in'+room+'as'+(nickl|'[Anonymous}'));

</script>

}
var webrtc = new SimpleWebRTCData ({debug: true});

webrtc.on('readyToCall', function () {
if (room) webrtc.joinRoom (room) ;
1)

webrtc.on('data', function (message) {
console.log ('message ' + message) ;

renderChat (message.payload) ;

1)

function joinRoom(name, nick) {
$('body').addClass ('active') ;
$('hl').text('Chatting in "+ reoom '+ ' ay ' + nick);:
$('.join link').text ('Others can join here: ' + location.href);

}

if (room && nick) {
joinRoom(room, nick);

Y £1se {
$(’.room;form').submit(function (e) {
var room set = !l!room;
room = $(this).find('#room') .val/() | | room;
NIk = S(this).find('"#nick') .val ();
console.log('room name is ' + room);
1 i (!room set) ({

webrtc.createRoom(room, function (err, name) {
console.log (' create room cb', arguments) ;

var newUrl = location.pathname + '?room=' + name;
DEY MV e rErY. £
history.replaceState ({foo: 'bar'}, null, newUrl);
joinRoom (room, nick);

} else {
console.log (err) ;
if (err === 'taken') {

webrtc.joinRoom (room)

N

} else {
joinRoom (room, nick);
webrtc.joinRoom (room) ;

return false;
L)
}

$('textarea').on(‘keydown', function (e) {
if (e.keyCode && e.keyCode === 13) {
var $this = $(this),
msg = $this.val(),

payload = {from: nick, msg: msg};
renderChat (payload) ;
Sthis.wal ("),

webrtc.sendToAll ('data', payload);
return false;
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6.3 Django data model implementation

6.3.1 Organization — models.py

) ¢lass Thai Red Cross (models.Model) :

2 Thai_Red Cross_id = models.AutoField (primary key=True)

3 name_organization = models.CharField(max length=100)

4 phone = models.CharField(max_length=100)

5 fax = models.CharField(maxwlength=100)

6 location = models.CharField(max length=100)

7 tags = models.CharField(max_lengthleO,null=True,blank=True)
8

9 def _ unicode (self):

10 return u'%s' % (self.name organization)

Thai_Red_Cross Model consistes of Thai_Red_Cross_id, name_organization, phone, fax,

location, tags filed which use to store the Thai Red Cross Organization information.

tion: [ reeeeee™ SRy ol 0of 4T selected

Name organization Phone

ufinmed 7 qumsz ’ 045265309
senfinvmed 6 sfumme vasuds 037231207
sorlmnnd S sanine sspnaimny 023893663
#nlnnnd 4 unrmsin 044253679, 044242385
siindnon eyeufediml 053234669-70
sonfinmned 3 Enetwl 053235161, 053235574
serfinmned 2 (qpnesvnls) npmws 022215778, 022256559
adafnu smnghmd 044713237-8
ol 1 (neghimdeule) vagiund 044516080

IR e —_ 0225640412 6 2

Tags

soimeed 7 v.qumimﬁ
s 6, efpimne, mad
srlmmnd 5, sedns, mpminmT
s 4, wemeiin

| ehlnfmo, iEea Tl

sl 3, dnll
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eirtmon, ghend
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€, B, pumw, Ugmenng, g, sl

Figure 6.2 Database table created by Django

Admin inputs all of Thai Red Cross Organization information and split the name of Thai Red

Cross Organization into tags fields. The example; aaifiniaii 7 v.quaswsiil (name organization) =

“aefimadi 7, “v.quaswsil (Tags).

6.3.2 Tags Model in Tree Hierarchy — models.py

1 class Genre (MPTTModel) :

2 name = models.CharField(max_length=50 , unique=True)
3 parent = TreeForeignKey('self', null=True, blank=True
4 related_name='children')

5

6 def get_absolute url(self):

7 return reverse ('genre detail', kwargs={'pk': self.pk, })
8

9 def _ unicode (self):

10 return 'ss3%s' % ('-' *.'self.level, self.name)

11

12 class MPTTMeta:

13 order;insertion_by = ['name']

14

Genre class model consists of name, and parent fields to store parent and children node such

as parent node = *“ amilnna” children node = “uasswaur, “assuda
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6.3.3 Show Tree hierarchy — genre_list.html

This code uses to implement tags with hierarchy.

1 {?* recursetree object list %}

2 <ul>

3 <li>

4 <a href="#">{{ node.name }}</a>
5

6 {% 1f not node.is_leaf_node %}
7

8 <a href="#">{{ children }}</a>
9

10 % endif %}

11 </ 11>

12 </ul>

il {% endrecursetree %}

14

15

16

« paNelsuIy
o g3ung
« _edliedsuinm dengsund
o Fneinsi
« _adtialisuiy sreudise lnsd

o uails
o Insnas
o HOOU

e #0NHNTNA

Figure 6.3 Tree hierarchy tag in Thai Red Cross

6.3.4 Employee Model — model.py
Employee model consists of person_id, firstname, lastname, job_position, mobile,
organization, and friend field which use to store employee’s information in Thai Red Cross

Organization.

1 class Employee (models.Model) :

2 person_id = models.AutoField(primaryﬁkeszrue)

3 firstname = models.CharField(max_length:lOO)

4 lastname = models.CharField(max length=100)

S job_position = models.CharField(max length=100)

6 mobile = models.CharField(max_length=100)

i organization = models.CharField(max_length=100,null:True,blank=True)
8 friend = models.CharField(max_length=100,null=True,blank=True)
9

10 def _ unicode (self):

nkl return u'ss %s' % (self.firstname, self.lastname)
12

13 | class EmployeeForm (ModelForm) :

14 class Meta:

15 model = Employee

16
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Figure 6.4 The Thai Red Cross employees information

6.4 Implementation of supporting function

6.4.1 Tags Function in view.py

O 0 Joy Ul W N -

class MyCustomUpdateView (UpdateView) :
model = Genre

def get_form kwargs (self) :

IRINT]

Returns the keyword arguments for instanciating the form.

kwargs = super(MyCustomUpdateVlew, self) .get_form kwargs ()

kwargs.update ({' my first Apafan’gto | i sttt oLy : 1,
my_second_paramkto_lnlt_form': >

})

return kwargs

6.4.2 Organization tags search — view.py

Tags scarch organization function. Input output

O O Joy U W N

def search (request): #organization
error = False
if 'q' in request.GET:
d = request,. GEW[aq ]
if not qg:
error = True
else:
thai_Red Cross =
Thai_Red_Cross.objects‘filter(nameﬁorganization__contains=q)
return
render to response( Dlrectorles/lndex html', {'Thai _Red Cross'
thai Red _Cross, 'query': q})

#return
render to response( Dlrectorles/search result.htmli’, {* Thai Red Cross'
thai_Red Cross, 'query': q})
#return rende:_tq‘response('Directories/index.html',{'error':
error})
return render_to_response('Directories/index.html',{'error': error})
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6.4.3 Organization tags search result — search_result.html

1 <p>You searched for: <strong>{{ query }}</strong></p>
2 {8 af Thai*Red~Cross %1

3 <ul>

4 {%iTor i dn Thai_Red Cross %}

5 <1li>

6 Name: { { i.name_organization 1}

i <br>Phone: {{ i.phone }}

8 <bt>Eax: {{ d.faxi }}

9 <br>Location: {{ i.location 1]

10 </1i>

11

12

3 {% endfor %}

14 </l >

15 (% else %}

16 <p>No matched your search criteria.</p>
17 | {% endif %}

6.4.4 General user create contact directories function — view.py

Showing a new blank form for adding employee information. The information consists of first
name, last name, job position, and mobile phone. Next, saving form data provided by the user
to the associated model. If there are errors, redisplay a new blank form for adding employee

information again.

1! def create employee (request) :

2 if request.method == 'POST':

3 post = request.POST

4

5 firstname = post['firstname']

6 print firstname

9

8 lastname = post['lastname']

9 print lastname

10

1. job position = post['job position']

12 print job position

13

14 mobile = post['mobile']

1.5 print mobile

16

17 f = EmployeeForm(request.POST)

18 it f.is valTwey()™

19 new employee = f.save ()

20 return

21 HttpResponseRedirect(reverse('Directories.views.index_thai')

2.2 )

23 return

24 render‘to_response('Directories/create_employee.html',context_instance=Requ
estContext (request))
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Chapter 7

Experimentations

7.1 Functionalities of GeoCommunicator
This is the main page of GeoCommunicator web application, which contains user

came to website with no communication session all tools will be hidden as picture below.

Insert session name to create/join

session of videoconference

R EUs Vi DR puchong @

- Main page with communication session all tools will visible. User can show and
hide each tool by click on tools button icon.

Whiteboard

Map-location

Tools button

i miins

0225643626

- lvinaTulafarsauine i W
- 022564015,02256-4362 0 2812:3 | D]l‘ectory

 futin Tamond

0225225689, 022564107.9,022563407-8
7 frushoaen

/ 2,022564039-40, 0225142001

NRBIIE
02256404546, 1666
AR RN Ing 1
©H0ms0i849, 022564329 g 119 |

7 | % abodefy hijkimnop KMITL
/ @ pataya promchemun KMITL
JE oo

Friend list

g

14:51:01)

s Instance message
User in videoconference
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. Share screen button: user can click
- Videoconference menu :

to share theirs window screen.

puchong

Display your video.

|
i

Display friend’s video.

Y

- Whiteboard menu

puchong :‘ !

Drawing tools including;

- Rubber

- Delete picture

- Insert text

- Save picture

- Set color/thickness

Instance message

message :

- User can type any text
message; another user in
the same session will get

the same message.
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- Directory contact and friend list

w3

SearchTags Q
dineuusvng

: 022564362-6
gueinaTuTadarsawmne

: 022564015, 02256-4362 6ip 2812-3
qudide lsamad

- 022522568-9, 022564107-9, 022563407-8
GRS

: 022514272, 02256403940, 022514200-1
quiiusneaiane

: 022564045-6, 1666
ARsAuriannmelng

: 022501849, 022564329 ¢ip 119

2 abcdefg hijklmnop KMITL
T & pattaya promchemun KMITL
¥ bb bb bb

-Map and Geo-location

puchong 1

Directory

- User can search for importance

organization to communicate with.

Friend list

/ - User can add/update/delete friend list.

- User can send invitation session to

theirs friends.

Map

- This map will show current

position of user and theirs friends.
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Chapter 8

Evaluations and Discussions

The main web technology used in this thesis to develop Geocommunicator is the
WebRTC. We can now look back to see how WebRTC benefit our development of

Geocommunicator and discuss its limitation.

8.1 Benefit of using WebRTC

What we can see as the benefit

*  WebRTC is not need to install and update & debug any software or plugins and is

updated whenever the browser is updated.

* Working with multi users, across multiple web browsers, across multiple platforms in

real-time communication.

* The WebRTC technology provides better sound quality than previously

communication.

* Reduced IT costs. A reduction in the complexity system required establishing

connections.
\ ) : il
* Provide a better emergency service to help saving people’s lives.

* Contact directories can access information better than other.

8.2 Limitation of the WebRTC

*  WebRTC is new technology only supported in some browsers. The browsers that

support the WebRTC consist of Chrome, and Firefox. Other browsers do not support.

* When there are many users in the same session, make video slower, decrease the

quality of sound and video, consume bandwidth, and use more computer resources.

* Videoconference is blur and lack when conference more than 6 users, huge

bandwidth and CPU-usage out of multiple peer interconnection.

* A low-quality blurred video will be delivered. Then we have to use the Media-server

to solve this problem.
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Chapter 9

Conclusions

9.1 Summary

Our thesis aims to develop novel communication tools using WebRTC and
implemented them using JavaScript, Python, Django, and HTMLS5. The tools are;
videoconference, map location, collaborative whiteboard, contact directory, chat, Geo-call.

These tools support collaborative communication.

We also design contact directory that can work with GeoCommunicator, and we
apply it for emergency rescue application to use by the Thai Red Cross Society. Our contact
database is developed using PostgreSQL. The GeoCommunicator can run on a web browser

on both a PC and a mobile device.

9.2 Lessons Learned

After we have done the GeoCommunicator project, the knowledge from this project
are: The first of all we studied about an object-oriented system is made up of objects that

work together to achieve the required functionality, what the system has to do.

Secondly, we analyze the requirement of the system. What are the problems and
wishes of users and scope of the proposed system we created use case diagram follow the
requirements, which use to specifies what the user wants the system to do. Third, we create
some scenario for the use case diagram user wants the system to do. Third, we create some
scenario for the use case diagram (Make call, Receive call, Modify contact list, and Find

contact) of GeoCommunicator using sequence diagram to show the flow of events.

Next, we design and focus on the class diagram of GeoCommunicator. A class
diagram gives an overview of a system by showing its classes and the relationships among
them. Fifth, we design ER diagram to store contact. Next, we observed the feature of existing
system and design user interface for GeoCommunicator. Afterward we start implemented the
code. For the each step of development system, it is useful for software designers (when they

are maintaining it, when they are writing code) to achieve the goal of project in time.
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Moreover we have studied the ability of the protocols and architectures Real Time
Communication Technologies. Understanding the talent of WebRTC is also the most
important thing that we have to finish the GeoCommunicator Project. If we have a chance to
go back to the past, we will study GeoLocation that use to develop GeoCommunicator

project.

9.3 Problems and obstacles

Videoconference is blur and lack when conference more than 6 users, huge
bandwidth and CPU-usage out of multiple peers interconnection: To understand it better;
assume that 10 users are sharing video in a group. 40 RTP-ports (i.e. streams) will be created
for each user. All streams are expected to be flowing concurrently; which causes blur video

experience and audio lose/noise (echo) issues.

For each user: 10 RTP ports are opened to send video upward i.e. for outgoing video
streams, 10 RTP ports are opened to send audio upward i.e. for outgoing audio streams, 10
RTP ports are opened to receive video i.e. for incoming video streams, 10 RTP ports are
opened to receive audio i.e. for incoming audio streams. Maximum bandwidth used by each
video RTP port (media-track) is about IMB; which can be controlled using "b=AS" session
description parameter values. In two-way video-only session; each peer uses 2MB bandwidth;
otherwise; a low-quality blurred video will be delivered. Then we have to use the media

server to solve this problem.

The First time we cannot share screen to another client then we use HTTPS to solve

it. It can share theirs own screen window to other clients.

3G-4G problem: any devices that run on cellular network such as 3G or 4G network
will have problem black screen video of videoconference. Because of channel video/audio
that send to each other is loss. Using TURN Server to solve this problem: TURN is used to

relay audio/video/data streaming between peers.

Change Port Signaling server to Port 80. Because the most of devices cannot use

specific port of Websocket such as Port: 8080,8000,5060 etc.

9.4 Further work

Our Geocall can easily implement a nearby-friend feature as follows. The users can
Geocall to another users by click real time position icon on the map. Find near friend this
feather will show who is near user that easier to meeting or conference with them. Step to use

nearby-friend feature: 1.login 2.show current location 3. Find friend.
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- To improve the performance of the videoconference it by using media-server to

handle sessions for multiple users and to record audio and video conversation for the

USErs.

- Adding more functions to the meeting whiteboard so that the user can redo/undo their

drawings.
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