
Open Telecom Application 
Platform for Startups

Au Duong Dat, Chairman - VHT



IP-PBX

WebRTC

Use Cases

Content

SIP / WebRTC Client



IP-PBX1



PBX (Private Branch Exchange) is a system that connects telephone extensions

to the PSTN (Public Switched Telephone Network) and provides internal

communication for a business. An IP-PBX is a PBX with Internet Protocol

connectivity and may provide additional audio, video, or instant messaging

communication utilizing the TCP/IP protocol stack.



Asterisk is an open source framework for building

communications applications. Asterisk turns an

ordinary computer into a communications server.

Asterisk powers IP PBX systems, VoIP gateways,

conference servers and other custom solutions. It is

used by small businesses, large businesses, call

centers, carriers and government agencies,

worldwide. Asterisk is free and open source. Asterisk

is sponsored by Digium



FreeSWITCH is a scalable open source cross-platform telephony

platform designed to route and interconnect popular communication

protocols using audio, video, text or any other form of media. It was

created in 2006 to fill the void left by proprietary commercial solutions.

FreeSWITCH also provides a stable telephony platform on which many

applications can be developed using a wide range of free tools.

FreeSWITCH was originally designed and implemented by Anthony

Minessale II with the help of Brian West and Michael Jerris. All 3 are

former developers of the popular Asterisk open source PBX.
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WebRTC is a free, open project that provides browsers and

mobile applications with Real-Time Communications (RTC)

capabilities via simple APIs. The WebRTC components have been

optimized to best serve this purpose.

WebRTC enable rich, high quality, RTC applications to be

developed for the browser, mobile platforms, and IoT devices,

and allow them all to communicate via a common set of

protocols.

The WebRTC initiative is a project supported by Google, Mozilla

and Opera, amongst others.



WebRTC Architecture
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WebRTC Gateway
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JsSIP

JsSIP is a simple to use JavaScript library which

leverages latest developments in SIP and WebRTC to

provide a fully featured SIP endpoint in any website.

With JsSIP any website can get Real Time

Communications features using audio, video and

more with just a few lines of code.

SIP over WebSocket transport.

Audio/video calls, instant messaging and presence.

Lightweight!.

100% pure JavaScript built from the ground up.

Easy to use and powerful user API



JsSIP



JsSIP
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WebRTC Gateway

Call 
Me

3. SIP call

5. Exchange Media

Online Customer Interaction 

1. Users download the application as a Javascript

2. Caller establishes a call with the WebRTC gateway

3. WebRTC gateway established a VoIP call to Call center

4. Caller and Call center exchange data



Contact Center Software 



Team Communicator



Customer Relationship Software 



Network Operation Center



Human Resource Management



Dating Site



Online Medical Consultation



Izi Help



Izi Help



VeXeRe




