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Overview

On demand, WCS can capture a WebRTC video stream published by another WCS server. The captured stream can be than broadcast toany of
supported platformsusingany of supported technologies. Managing of WebRTC stream capturing is performed usingREST API.

Operation flow chart

Browser 1 - Publisher

1. Websocket / publish

2. WebRTC WCS 1
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Browser 2 - Player

. The browser connects to the WCS1 server via Websocket and sends the publish command.

. The browser captures the microphone and the camera and sends the WebRTC stream to the server.

The REST client sends to the WCS2 server the /pull/pull query.

WCS?2 requests the stream from WCS1.

WCS?2 receives the WebRTC stream from WCS1.

. The second browser establishes a connection to the WCS2 server via Websokcet and sends the play command.
. The second browser receives the WebRTC stream and plays this stream on the page.

Nooswpa


https://docs.flashphoner.com/display/WCS5EN/Playing+a+video+stream+from+the+server
https://docs.flashphoner.com/display/WCS5EN/Playing+a+video+stream+from+the+server
https://docs.flashphoner.com/display/WCS5EN/Playing+a+video+stream+from+the+server

REST-queries

REST-query must be an HTTP/HTTPS POST request as follows:

® - HTTP:http://test.flashphoner.com:8081/rest-api/pull/rtmp/pull
® - HTTPS:https://test.flashphoner.com:8444/rest-api/pull/rtmp/pull

Where:

-test.flashphoner.com- is the address of the WCS server
- 8081- is the standard REST / HTTP port of the WCS server

-rest-api- is the required part of the URL

L]
L]
® -8444- is the standard HTTPS port
L]
L]

- /pull/tmp/pull- is the REST method used

REST-methods and response statuses

REST- Example of REST-query Example of REST response
method
/pull/pull (
"uri":"wss://deno.
fl ashphoner. com 8443",
"l ocal StreanNanme":
"test Streant,
"renot eSt r eamNane" :
"testStreant
}
/pull
/find_all {
"l ocal Medi aSessi onl d": "5a072377-
73cl- 4caf - abd3",
"renot eMedi aSessi onld": null,
"| ocal StreamNane": "testStreant,
"renot eStreamNane": "testStreant,
"uri": "wss://deno. flashphoner.
com 8443",
"status": "NEW
/pull
/terminate {
"uri":"wss://deno.
fl ashphoner. com 8443",
"l ocal StreanNanme":
"test Streant,
"renot eSt r eanNane” :
"testStreant
}
Parameters
Parameter name Description
uri Websocket URL of WCS server

localMediaSessionld ' Session identifier

remoteMediaSessi = Session identifier on the remote server

onld

localStreamName

the WCS server

remoteStreamName = Captured stream name on the remote server

Response
status

409 - Conflict

500 - Internal
error

200 - streams
are found

500 - Internal
error

200 - stream
terminated

500 - Internal
error

Local name assigned to the captured stream. By this name the stream can be requested from

Description

Pull the WebRTC stream at
the specified URL

Find all pulled WebRTC
streams

Terminate the pulled WebRTC
stream

Example

wss://demo.flashphoner.com:
8443

5a072377-73c1-4caf-abd3

12345678-abcd-dead-beaf

testStream

testStream


file:///D:/YandexDisk/%D0%A3%D0%94/%D0%90%D0%BB%D0%B5%D0%BA%D1%81%D0%B5%D0%B9/%D0%9D%D0%BE%D0%B2%D0%B0%D1%8F%20%D0%BF%D0%B0%D0%BF%D0%BA%D0%B0/-

status Current stream status NEW

Configuration

By default, WebRTC stream is pulled over unsecure Websocket connection, i.e. WCS server URL has to be set as ws://demo.flashphoner.com:8080. To
use Secure Websocket, the parameter must be set in file flashphoner.properties

wcs_agent _ssl =true
This change has to be made on both WCS servers: the server that publishes the stream and the server the stream is pulled to.

Quick manual on testing

1. For this test we use:

* two WCS servers;

® the Chrome browser and aREST-clientto send queries to the server;
* theTwo Way Streamingweb application to publish the stream;

* thePlayerweb application to play the captured stream in the browser.

2. Open the Two Way Streaming web application and publish the stream on the server

Two-way Streaming

Local Player

6602 Stop 6602 Flay  Available

PUBLISHING

wss:/ip12 flashphoner.com:8443 Disconnect
ESTABLISHED

3. Open the REST client. Send the /pull/pull query and specify the following parameters:

* URL of the WCS server the stream is captured from;
® stream name published on the server
® local stream name


https://docs.flashphoner.com/display/WCS5EN/Settings+file+flashphoner.properties
https://chrome.google.com/webstore/detail/advanced-rest-client/hgmloofddffdnphfgcellkdfbfbjeloo
https://demo.flashphoner.com/client2/examples/demo/streaming/two_way_streaming/two_way_streaming.html
https://demo.flashphoner.com/client2/examples/demo/streaming/player/player.html

Method Request URL
POST + http://p11.flashphoner.com:9091 /rest-api/pull/pull v :
Parameters ~

Headers Body Variables

Bedy content type Editor view

application/json ~ Raw input -

FORMAT JSON  MINIFY JSON

{
"uri”: "wss://p12.flashphoner.com:8443",
“remoteStreamMame”: "6602",
"lecalStreamName™: "6682"

}

200 OK EERDIGE DETAILS w

4. Make sure the server captured the stream. To do this, send the /pull/find_all query:

Method Request URL
POST = hittp://p11.flashphoner.com:9091 /rest-api/stream/find_all v :

Parameters A

Headers Body Variables

Body content type Editor view
application/json ~ Raw input -

FORMAT JSON  MINIFY JSON




pODNel @ 532,10 ms DETAILS

'iocalﬂediaSessio'Id”: "dal57e2b-2159-48c¢9-9568-325bbe@68769"
"remoteMediaSessionId": null

"localStreamName": "66@2"

"remotestreamName”: "6682"

"uri”: hphoner.com: 8443 /websocket”

w
I

5. Open the Player web application and put in the local stream name into the Stream field, then click Start

Flayer

WCS URL wss://p11 . flashphoner.cor

Stream 6602

Call flow

Below is the call flow when using the Two Way Streaming example to publish a stream on one WCS server and playing that stream on another WCS
server

two_way_streaming.htmi
two_way_streaming.js
player.html

player.js


https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/two_way_streaming/two_way_streaming.html
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/two_way_streaming/two_way_streaming.js
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/player/player.html
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/player/player.js

WCs

1. Flashphoner.createSession().

2. ConnectionStatusEvent ESTABLISHED

3. stream publish()

4. StreamStatusEvent PUBLISHING

5. WebRTC audio+video stream

16. stream stop()

17. StreamStatusEvent UNPUBLISHED

1. Establishing connection to the server.

Flashphoner.createSession();code

Fl ashphoner. creat eSessi on({url Server:

WCs

7. Websocket / play

8. WebRTC audio+video stream

set St at us("#connect St at us”, session. status()

onConnect ed( sessi on);

}). on( SESSI ON_STATUS. DI SCONNECTED, function () {

set St at us("#connect St at us"”,

onDi sconnect ed();

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

set St at us("#connect St at us”,

onDi sconnect ed();

1)

)

2. Receiving from the server an event confirming successful connection.

ConnectionStatusEvent ESTABLISHEDcode

Fl ashphoner. creat eSessi on({url Server:

set St at us("#connect St at us", session. status()

onConnect ed( sessi on);

}). on( SESSI ON_STATUS. DI SCONNECTED, function () {

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

1)

3. Publishing the stream.

stream.publish();code

)

6. /pullipul

9. Flashphoner.createSession(),

10. ConnectionStatusEvent ESTABLISHED

11. stream play ()

12. StreamStatusEvent PLAYING

13. WebRTC audio+video stream

14. stream.stop(),

15. StreamStatusEvent STOPPED

url}). on( SESSI ON_STATUS. ESTABLI SHED,

SESSI ON_STATUS. DI SCONNECTED) ;

SESSI ON_STATUS. FAI LED) ;

url}). on( SESSI ON_STATUS. ESTABLI SHED,

function (session) {

function (session) {


https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/two_way_streaming/two_way_streaming.js#L37
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/two_way_streaming/two_way_streaming.js#L37
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/two_way_streaming/two_way_streaming.js#L136

session. creat eStreany{
nane: streanmNane,
di splay: |ocal Vi deo,
cachelLocal Resources: true,
recei veVi deo: fal se,
recei veAudi o: fal se
}) . on( STREAM _STATUS. PUBLI SHI NG, function (stream ({

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

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

}). publ i sh()

4. Receiving from the server an event confirming successful publishing of the stream.

StreamStatusEvent, status PUBLISHINGcode

session. createStrean{
nane: streanmNane,
di splay: |ocal Video,
cachelLocal Resources: true,
recei veVi deo: fal se,
recei veAudi o: fal se
}) . on( STREAM _STATUS. PUBLI SHI NG, function (stream {
set St at us("#publ i shStatus", STREAM STATUS. PUBLI SHI NG ;
onPubl i shing(strean);
}) . on( STREAM STATUS. UNPUBLI SHED, function () {

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

}).p'ui)I.ish();

5. Sending the audio- video stream via WebRTC to the server

6. Sending the /pull/pull REST query to the second server

7. Requesting the stream from the first server

8. Sending the audio- video stream via WebRTC to the second server
9. Establishing connection to the second server.

Flashphoner.createSession();code

Fl ashphoner. creat eSessi on({url Server: url}).on(SESSI ON_STATUS. ESTABLI SHED, function(session){
set St at us(session.status());

/I session connected, start playback
pl ayStrean(session);

}) . on( SESSI ON_STATUS. DI SCONNECTED, function(){
set St at us( SESSI ON_STATUS. DI SCONNECTED) ;
onSt opped() ;

}) . on( SESSI ON_STATUS. FAI LED, function(){
set St at us( SESSI ON_STATUS. FAI LED) ;
onSt opped() ;

b

10. Receiving from the server and event confirming successful connection.

ConnectionStatusEvent ESTABLISHEDcode


https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/two_way_streaming/two_way_streaming.js#L136
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/player/player.js#L108
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/player/player.js#L108

Fl ashphoner . creat eSessi on({url Server: url}).on(SESSI ON_STATUS. ESTABLI SHED, functi on(session){
set St at us(session.status());
/I session connected, start playback
pl ayStrean(session);

}) . on( SESSI ON_STATUS. DI SCONNECTED, function(){

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

1)

11. Requesting to play the stream.

stream.play();code

stream = sessi on. createStrean{options).on(STREAM STATUS. PENDI NG function(streanm) {
var video = docunent.getEl enentByld(streamid());
if (!video.hasListeners) {
vi deo. hasLi steners = true;
vi deo. addEvent Li stener (' pl aying', function () {
$("#prel oader"). hide();
s
vi deo. addEvent Li stener (' resi ze', function (event) {
var streanmResol uti on = stream vi deoResol ution();
if (Cbject.keys(streanResolution).length === 0) {
resi zeVi deo(event.target);
} else {
/| Change aspect ratio to prevent video stretching
var ratio = streanResolution.w dth / streanResol ution. hei ght;
var newHei ght = Math. fl oor(options.playWdth / ratio);
resi zeVi deo(event.target, options.playWdth, newHeight);

1)

1)

stream play();

12. Receiving from the server an event confirming successful capturing and playing of the stream.

StreamStatusEvent, status PLAYINGcode
stream = sessi on. creat eStrean{opti ons). on( STREAM STATUS. PENDI NG function(strean) {

}) . on( STREAM STATUS. PLAYI NG, function(stream {
$("#prel oader") . show();
set Status(stream status());
onStarted(strean;

}) . on( STREAM STATUS. STOPPED, function() {

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

}) . on( STREAM STATUS. NOT_ENOUGH_BANDW DTH, functi on(strean){

1)

stream pl ay();

13. Sending the audio- video stream via WebRTC
14. Stopping playback of the stream

stream.stop();code


https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/player/player.js#L141
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/player/player.js#L141
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/player/player.js#L57

function onStarted(stream {
$("#playBtn").text("Stop").of f('click').click(function(){
$(this).prop(' disabled , true);
stream stop();
}).prop(' disabled , false);

15. Receiving from the server an event confirming successful unpublishing of the stream.

StreamStatusEvent, status STOPPEDcode

stream = sessi on. createStrean{options).on(STREAM STATUS. PENDI NG, function(strean) {
}) . on( STREAM _STATUS. PLAYI NG, function(strean) {

}) . on( STREAM _STATUS. STOPPED, function() {
set St at us( STREAM_STATUS. STOPPED) ;
onSt opped() ;
}) . on( STREAM _STATUS. FAI LED, function(stream {

}) . on( STREAM _STATUS. NOT_ENQUGH_BANDW DTH, functi on(streamn){

1)

stream play();

16. Stopping publishing the stream.

stream.stop();code

function onPublishing(strean) {
$("#publishBtn").text("Stop").off('click').click(function () {
$(this).prop('disabled , true);
stream stop();
}).prop(' disabled , false);
$("#publishinfo").text("");

17. Receiving from the server an event confirming successful unpublishing of the stream.

StreamStatusEvent, status UNPUBLISHEDcode

session. createStrean({
nanme: streanNane,
di splay: 1ocal Vi deo,
cachelLocal Resources: true,
recei veVi deo: fal se,
recei veAudi o: false
}) . on( STREAM STATUS. PUBLI SHI NG, function (stream {

}) . on( STREAM STATUS. UNPUBLI SHED, function () {
set St at us("#publ i shStatus", STREAM STATUS. UNPUBLI SHED) ;
onUnpubl i shed();

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

}). publ i sh();


https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/player/player.js#L141
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/two_way_streaming/two_way_streaming.js#L74
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/two_way_streaming/two_way_streaming.js#L136
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