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Who are we?

Jimmy Nyström and Nicklas Nyström,
brothers (Jimmy is the really old one) and
PhD students from the cold north



WebRTC

Real-time communication directly in the 
browser
● Audio, video and data
● Peer-to-peer communication
● No plugins needed



Mediated Sketching Table

You've probably seen this?



Videoconferencing



Multi-Device Communication

Demo



Shared Virtual Objects



Shared Virtual Objects

http://www.youtube.com/watch?v=cNy9jw3wTeA


Collaborative Game

Based on the
mediated sketching

Intuitive interaction
with virtual objects



Collaborative Game



3D Video Chat



3D Video Chat

http://www.youtube.com/watch?v=r-3T1jlN4Vw
http://www.youtube.com/watch?v=1bhQJDSiPvw


The World Wide Web

I've been living in a cave for 
thirty years, what's this web 
you're talking about?

● A system of linked HTML documents…
● ...made interactive through JavaScript…
● ...with CSS describing their look and 

formatting.



New web technologies

● HTML5, Open Web Platform
● WebRTC

Enabling powerful browser applications
without the need to install additional software



HTML5

<video>
Makes adding video to your page as easy as 
adding an image...

<audio>
... and the same goes for sound

<canvas>
A rectangle in your page where you can use 
JavaScript to draw anything



WebRTC

● Accessing local audio and video 
● Communicating audio and video 
● Communicating arbitrary data

○  



Accessing Local Media

MediaStream
● Audio
● Video

Our Demo
http://webcamtoy.com/
http://seriouslyjs.org/

http://localhost:8000/getUserMedia.html
http://localhost:8000/getUserMedia.html
http://webcamtoy.com/sv/
http://webcamtoy.com/sv/
http://seriouslyjs.org/
http://seriouslyjs.org/


getUserMedia

var constraints = {video: true};
var localVideo = document.getElementById("localVideo");

    function gotStream(stream){
        localVideo.src = URL.createObjectURL(stream);
    }
    
navigator.webkitGetUserMedia(constraints, gotStream);



Communicating Video and Audio

RTCPeerConnection
● Sending the local MediaStream
● Receiving remote MediaStreams



Communicating Video and Audio

● Session control messages: to initialize or close the 

communication

● ICE Candidate: tells you who you are to the outside 

world (your computer's IP address and port)

● Session description: tells you what codecs and 

resolutions can be handled by your browser and the 

browser it wants to communicate with



Communicating Video and Audio



Communicating Video and Audio

RTCPeerConnection

Our Demo
http://simpl.info/rtcpeerconnection/
A good tutorial:
https://bitbucket.org/webrtc/codelab

http://localhost:8000/rtc.html
http://localhost:8000/rtc.html
http://simpl.info/rtcpeerconnection/
http://simpl.info/rtcpeerconnection/
https://bitbucket.org/webrtc/codelab
https://bitbucket.org/webrtc/codelab


Communicating Arbitrary Data

RTCDataChannels
● Similar to WebSockets
● Low latency
● Unreliable or reliable transfer

http://simpl.info/rtcdatachannel/
https://www.sharefest.me/

http://simpl.info/rtcdatachannel/
http://simpl.info/rtcdatachannel/
https://www.sharefest.me/
https://www.sharefest.me/


Frameworks

"This looks hard and I'm 
lazy!"

Frameworks can make our lives easier:
● Licode
● SimpleWebRTC
● EasyRTC

http://lynckia.com/licode/
http://lynckia.com/licode/
http://simplewebrtc.com/
http://simplewebrtc.com/
http://www.easyrtc.com/
http://www.easyrtc.com/


First task

Programmers:
1. Download the material from the course web
2. Run the server. In a terminal:

a. cd PATH/TO/FOLDER
b. node channel_server.js

3. Test at http://localhost:8080/task1.html

Everyone else:
Warm-up exercise!

http://localhost:8080/task1.html


Second task

Programmers:
1. Try out WebRTC video chat: http://localhost:8080/task2.

html
2. See if you can connect two computers 

a. Use ifconfig (Mac) or ipconfig (Windows) to find the 
IP address of your computer

The rest:
Brainstorm ideas for a WebRTC application that might be 
useful in your project

http://localhost:8080/task2.html
http://localhost:8080/task2.html
http://localhost:8080/task2.html


Third task

Programmers:
1. Go to http://localhost:8080/task3.html
2. Play with the filters!
3. Try and replace the image with webcam video
4. Apply CSS filters to your video chat from task 2

Non-programmers:
Pick the best idea you've come up with and 
begin sketching on a mockup version

http://localhost:8080/task3.html


Fourth task
Programmers:
1. More advanced filters: http://seriouslyjs.org/
2. Take a look at http://localhost:8080/Seriously.js/
3. Try and use Seriously.js filters instead of CSS in your video chat

a. webrtc-workshop/client/Seriously.js/seriously.full.min.js
4. Can you use the Chroma Key filter to replace the background in 

your video chat?
a. tip 1: use the 'chroma' effect on the video, then 'blend' with an 

image
b. tip 2: http://localhost:8080/task4.html show how to apply effects 

to video
The rest:
Force the programmers to implement your mockup! :)

http://seriouslyjs.org/
http://localhost:8080/Seriously.js/
http://localhost:8080/task4.html


Links
W3C
● WebRTC Working Group

http://www.w3.org/2011/04/webrtc/ 
● Specifications

http://dev.w3.org/2011/webrtc/editor/getusermedia.html http:
//dev.w3.org/2011/webrtc/editor/webrtc.html

IETF
● RTCWeb Working group

http://tools.ietf.org/wg/rtcweb/

Thanks to Ericsson and Adam Bergkvist for inspiration and code!
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http://www.w3.org/2011/04/webrtc/
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http://tools.ietf.org/wg/rtcweb/

