WebRTC as RTMP re-publishing
Example of republishing a WebRTC audio / video stream as RTMP

This example shows how you can send audio and video from the browser to the server with the WebRTC technology and redirect
the received traffic to the same or another server via RTMP.

On the below screenshot, the browser has established connection to the WCS server and is sending audio and video to the server that performs
republishing
to localhost via the RTMP protocol.
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Local RTMP Target Details
RTMP URL rimp://localhost: 1935/live
Stream test

RTMP playback URL

Copy this URL to a third party player to play
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To play the redirected stream, copy the RTMP URL to external RTMP player, VLC for example

Code of the example

The source code of this example can be found on the WCS server at:
/ust/local/FlashphonerWebCallServer/client2/examples/demo/streaming/webrtc-as-rtmp-republishing
webrtc-as-rtmp-republishing.css — cascade style sheet file

webrtc-as-rtmp-republishing.html- example page

webrtc-as-rtmp-republishing.js -script

You can test this example at this address:

https://host:8888/client2/examples/demo/streaming/conference/webrtc-as-rtmp-republishing.html

Here, host is the address of the WCS server.

Analyzing the code

To examine the code, let’s take the version of thewebrtc-as-rtmp-republishing.jsfile with the hash of ecbadc3, which is available here and can be
downloaded with the corresponding build 2.0.212.


https://github.com/flashphoner/flashphoner_client/blob/a50755e29880257c90aef69bcaac7843236e3ad0/examples/demo/streaming/webrtc-as-rtmp-republishing/webrtc-as-rtmp-republishing.js
https://flashphoner.com/downloads/builds/flashphoner_client/wcs_api-2.0/flashphoner-api-2.0.212-ecbadc3d0850a638ae9eb784708539780a1ffbef.tar.gz

The script establishes connection to the WCS server and manages publishing of the WebRTC stream. In addition, the script places the test RTMP player
on the webpage and passes the resulting RTMP address to it for playback.

1. Initialize API

Flashphoner.init() code

Fl ashphoner.init();

2. Connect to the server.

Flashphoner.createSession() code

Fl ashphoner. creat eSessi on({url Server: wurl}).on(SESSI ON_STATUS. ESTABLI SHED, function(session){

1)

3.Receiving the event confirming successful connection
ConnectionStatusEvent ESTABLISHED code
Fl ashphoner. creat eSessi on({url Server: url}).on(SESSI ON_STATUS. ESTABLI SHED, function(session){
// session connected, start stream ng

start Stream ng(session);
}) . on( SESSI ON_STATUS. DI SCONNECTED, function(){

}) . on( SESSI ON_STATUS. FAI LED, function(){

1)

3. Send WebRTC video stream with republishing to RTMP server.
session.createStream(), stream.publish() code

When the createStream() method is used to create the stream, aside from the standard parameters this field is also specified rtmpUrl. It contains the
RTMP address of the server this stream will be republished to. The name of the republished RTMP stream is rtmp_{streamName}, where rtmp_ is the
standard prefix set in the flashphoner.properties file.

For example, if streamName=stream1, then the resulting RTMP stream will be named rtmp_stream1

session. creat eStrean({
nanme: streanNane,
di splay: | ocal Vi deo,
cachelLocal Resources: true,
recei veVi deo: fal se,
recei veAudi o: fal se,
rtnpUrl: rtnpUrl

}).p;J.bI.ish();

5.Receiving the event confirming successful streaming

StreamStatusEvent PUBLISHING code

session. createStrean({

}) . on( STREAM _STATUS. PUBLI SHI NG, functi on(publishStream{
set St at us( STREAM _STATUS. PUBLI SHI NG) ;
onStarted(publishStrean);
sendDat aToPl ayer () ;

}) . on( STREAM _STATUS. UNPUBLI SHED, function(){

}) . on( STREAM STATUS. FAI LED, function(){

}). publ i sh():


https://github.com/flashphoner/flashphoner_client/blob/a50755e29880257c90aef69bcaac7843236e3ad0/examples/demo/streaming/webrtc-as-rtmp-republishing/webrtc-as-rtmp-republishing.js#L15
https://github.com/flashphoner/flashphoner_client/blob/a50755e29880257c90aef69bcaac7843236e3ad0/examples/demo/streaming/webrtc-as-rtmp-republishing/webrtc-as-rtmp-republishing.js#L58
https://github.com/flashphoner/flashphoner_client/blob/a50755e29880257c90aef69bcaac7843236e3ad0/examples/demo/streaming/webrtc-as-rtmp-republishing/webrtc-as-rtmp-republishing.js#L58
https://github.com/flashphoner/flashphoner_client/blob/a50755e29880257c90aef69bcaac7843236e3ad0/examples/demo/streaming/webrtc-as-rtmp-republishing/webrtc-as-rtmp-republishing.js#L76
https://docs.flashphoner.com/display/WCS5EN/Settings+file+flashphoner.properties
https://github.com/flashphoner/flashphoner_client/blob/a50755e29880257c90aef69bcaac7843236e3ad0/examples/demo/streaming/webrtc-as-rtmp-republishing/webrtc-as-rtmp-republishing.js#L83

6. Forming the RTMP URL to display on the page and copy to an external player

sendDataToPlayer() code

functi on sendDat aToPl ayer () {
var player = docunent. get El enent Byl d("pl ayer");
var host = field("rtnpUrl")
.replace("l ocal host", w ndow. | ocation. hostnane)
.replace("127.0.0.1", wi ndow. | ocation. hostnane);

var rtmpStreanPrefix = "rtnp_";
var url = host + "/" + rtnpStreanPrefix + field("streanmName");
pl ayer. set URLt oFl ash(url);


https://github.com/flashphoner/flashphoner_client/blob/a50755e29880257c90aef69bcaac7843236e3ad0/examples/demo/streaming/webrtc-as-rtmp-republishing/webrtc-as-rtmp-republishing.js#L112
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