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The example shows how a stream published to WCS server may be played in a number of video qualities via WebRTC.
On the screenshot below:

® Server url - WCS server websocket URL

® Stream name - stream name to play

* Auto, 240p send, 480p send, 720p send - quality switching buttons named by quality profiles from/ usr /| ocal
/ Fl ashphoner WebCal | Server/conf/wcs_sfu_bridge_profiles.yn file
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Meeting: test
Name: test#test

426x240

Current video track: 0

mute

Auto | 240p send | 480p send | 720p send

Server url
wss://test1.Flashphoner.com:8443
Stream name

test
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Note that audio track is playing separately

Example source code

The source code consists of the following modules:

® player.html - HTML page
® player.css - HTML page styles
® player.js -main application logic

Analyzing the code

To analyze the example source code, take the file player.js version availablehere

1. Local variables

Local variables declaration to work with constants, SFU SDK, to display video and to work with client configuration


https://github.com/flashphoner/sfu_sdk/blob/8cd27d9e34ca42baf93f47ee979f6d9abeefd615/examples/src/webrtc-abr-player/player.js

code

const constants = SFU. const ants;

const sfu = SFU,

const PRELOADER_URL="../comons/ nedi a/ si | ence. np3";
const playStatus = "playStatus”;

const playErrorinfo = "playErrorlnfo";

2. Object to store current publishing/playback state
The object should keep Websocket session data, WebRTC connection data, room dataand object to display tracks data

code

const CurrentState = function() {
let state = {

pc: null,
session: null,
room null,
display: null,

roontnded: fal se,
set: function(pc, session, roon) {
state.pc = pc;
st at e. sessi on = session;
state.room = room
state. roonknded = fal se;
H
clear: function() {
state.room = nul | ;
state.session = null;
state.pc = null;
st at e. roonEnded = fal se;
I
set RoonEnded: function() {
st at e. roonEnded = true;
I
i sRoonEnded: function() {
return state.roonEnded;
b
i sConnected: function() {
return (state.session & state.session.state() === constants. SFU_STATE. CONNECTED) ;
b
isActive: function() {
return (state.room && !state.roonEnded && state.pc);
},
set Di spl ay: function (display) {
state.display = display;
.
di sposeDi splay: function () {
if (state.display) {
st ate. di splay.stop();
state.display = null;

}
3

return state;

3.Initialization
init(code
The init() function is called on page load and:

® jnitializes state objects
® initializes input fields


https://github.com/flashphoner/sfu_sdk/blob/8cd27d9e34ca42baf93f47ee979f6d9abeefd615/examples/src/webrtc-abr-player/player.js#L1
https://github.com/flashphoner/sfu_sdk/blob/8cd27d9e34ca42baf93f47ee979f6d9abeefd615/examples/src/webrtc-abr-player/player.js#L11
https://github.com/flashphoner/sfu_sdk/blob/8cd27d9e34ca42baf93f47ee979f6d9abeefd615/examples/src/webrtc-abr-player/player.js#L58

const init = function() {
$("#pl ayBtn"). prop(' di sabled', true);
$("#url").prop(' disabled , true);
$("#streanNane"). prop(' disabled', true);
onDi sconnected(CurrentState());
$("#url").val (set URL());

4 Establishing server connection
RTCPeerConnection(), SFU.createRoom() code
The connect() function is called by Play button click:

® creates PeerConnection object

® cleans the previous session state displayed

® sets up room configuration and creates Websocket session
® subscribes to Websocket session events

const connect = async function(state) {

/] Create peer connection

I et pc = new RTCPeer Connection();

/]l Create a config to connect to SFU room

const roonConfig = {
/'l Server websocket URL
url: $("#url").val (),
/'l Use stream name as room name to play ABR
roomNane: $("#streanNanme").val (),
/1 Make a random partici pant nanme from stream nane

ni ckname: "Player-" + $("#streanNane").val () + "-" + createUU D(4),
/] Set roompin
pin: 123456

}

/] Clean state display itens
set Status(playStatus, "");
set Status(playErrorinfo, "");
try {
/1 Connect to the server (room should al ready exist)
const session = await sfu.createRoon(roonConfig);
/] Set up session ending events
sessi on. on(const ants. SFU_EVENT. DI SCONNECTED, function() {
onStopd i ck(state);
onDi sconnected(state);
set St at us(pl aySt atus, "Dl SCONNECTED', "green");
}) . on(constants. SFU_EVENT. FAI LED, function(e) {
onStopd ick(state);
onDi sconnected(state);
set Status(playStatus, "FAILED', "red");
if (e.status && e.statusText) {

setStatus(playErrorinfo, e.status + " " + e.statusText, "red");
} else if (e.type & e.info) {
set Status(playErrorinfo, e.type + ": " + e.info, "red");

}

IO

/1 Connected successfully

onConnect ed(state, pc, session);

set Status(pl ayStatus, "CONNECTING ..", "black");
} catch(e) {

onDi sconnected(state);

set Status(playStatus, "FAILED', "red");

set Status(playErrorinfo, e, "red");

5.Playback start after session establishing


https://github.com/flashphoner/sfu_sdk/blob/8cd27d9e34ca42baf93f47ee979f6d9abeefd615/examples/src/webrtc-abr-player/player.js#L69

onConnected() code
The onConnected() function:

® sets up Stop button click actions

® subscribes to SFU_ROOM_EVENT.PARTICIPANT_LIST event to check if the stream is published in the room
® subscribes to room error events

® calls playback function

const onConnected = async function(state, pc, session) {

state.set(pc, session, session.roon());

$("#playBtn").text("Stop").of f('click').click(function () {
onStopd i ck(state);

IOF

$('#url').prop('disabled , true);

$( " #streanNane") . prop(' di sabled', true);

/1 Add room event handling

state.room on(constants. SFU_ROOM EVENT. PARTI Cl PANT_LI ST, function(e) {
/1 1f the roomis enpty, the streamis not published yet

if (le.participants || e.participants.length === 0) {
set Status(playErrorinfo, "ABR streamis not published", "red");
onStopd i ck(state);
}
el se {
set Status(pl ayStatus, "ESTABLI SHED', "green");
$("#pl acehol der") . hide();
}

}).on(constants. SFU_ROOM EVENT. FAI LED, function(e) {
/1 Display error state
set Status(playErrorinfo, e, "red");
}).on(constants. SFU_ROOM EVENT. OPERATI ON_FAI LED, function (e) {
onQper ationFail ed(state);
}).on(constants. SFU_ROOM EVENT. ENDED, function () {
/1 Publishing is stopped, dispose playback and cl ose connection
set Status(playErrorinfo, "ABR streamis stopped”, "red");
st at e. set RoonEnded() ;
onStopd i ck(state);
}) . on(constants. SFU_ROOM EVENT. DROPPED, function () {
/1 Cdient dropped fromthe room dispose playback and cl ose connection
set Status(playErrorinfo, "Playback is dropped due to network issues”, "red");
st at e. set RoonEnded() ;
onStopd i ck(state);
1
awai t playStreams(state);
/1 Enable button after starting playback #WCS-3635
$("#pl ayBtn"). prop(' di sabled', false);

6.Streams playback
initRemoteDisplay(), SFURoom.join() code
The playStreams() function:

* initializes a base container tag to display incoming media streams
® sets up incoming streams info displaying parameters
.
.

sets up ABR to switch automatically between available qualities when playback channel conditions are changing
negotiates WebRTC connection


https://github.com/flashphoner/sfu_sdk/blob/8cd27d9e34ca42baf93f47ee979f6d9abeefd615/examples/src/webrtc-abr-player/player.js#L114
https://github.com/flashphoner/sfu_sdk/blob/8cd27d9e34ca42baf93f47ee979f6d9abeefd615/examples/src/webrtc-abr-player/player.js#L195

const playStreans = async function (state) {

try {
/] Create renpte display itemto show renpte streans
const display = initRenoteDi splay(state.room docunent.getEl ementByld("renoteVideo"), {quality:true,

aut oAbr: true}, {thresholds: [
{paraneter: "nackCount", nmaxLeap: 10},
{paranmeter: "freezeCount", naxLeap: 10},
{paraneter: "packetsLost", naxLeap: 10}

], abrKeepOnGoodQual ity: ABR_KEEP_ON_QUALI TY, abrTryFor UpperQuality: ABR TRY_UPPER_QUALITY, interval:
ABR_QUALI TY_CHECK_PERI OD}, cr eat eDef aul t Meeti ngControl | er, createDefaul t Meeti nghWbdel, createDefaul t MeetingView,
oneToOneParti ci pant Fact ory(renot eTrackProvi der (state.roon)));

state. set Di spl ay(di spl ay);
/] Start WebRTC negoti ation

await state.roomjoin(state.pc, null, null, 1);
} catch(e) {
if (e.type === constants. SFU_ROOM EVENT. OPERATI ON_FAI LED) {
onOper ationFail ed(state, e);
} else {
console.error("Failed to play streans: " + e);

set Status(pl ayErrorinfo, e.name, "red");
onStopd i ck(state);

7.Playback stopping

CurrentState.disposeDisplay() code

const stopStreans = function(state) {
st at e. di sposeDi spl ay();
}

8.Play click action
onStartClick(), playFirstSound(), connect() code
The onStartClick() function:

® validates input fields
® in Safari browser, calls playFirstSound() before playback to automatically play incoming audio
® calls connect() function

const onStartdick = function(state) {
if (validateForn("connectionForn)) {

$("#pl ayBtn"). prop(' di sabled', true);

if (Browser().isSafari WbRTC()) {
pl ayFi r st Sound(docunent . get El enent Byl d("nai n"), PRELOADER_URL).then(function () {

connect (state);

s

} else {
connect (state);

}

9.Stop click actions
onStopClick(), Session.disconnect() code
The onStopClick() function:

* stops playback
® disconects Websocket session


https://github.com/flashphoner/sfu_sdk/blob/8cd27d9e34ca42baf93f47ee979f6d9abeefd615/examples/src/webrtc-abr-player/player.js#L218
https://github.com/flashphoner/sfu_sdk/blob/8cd27d9e34ca42baf93f47ee979f6d9abeefd615/examples/src/webrtc-abr-player/player.js#L163
https://github.com/flashphoner/sfu_sdk/blob/8cd27d9e34ca42baf93f47ee979f6d9abeefd615/examples/src/webrtc-abr-player/player.js#L176

const onStopCick = async function(state) {
st opStreans(state);
if (state.isConnected()) {
$("#pl ayBtn"). prop(' disabled', true);
awai t state.session.disconnect();
onDi sconnected(state);

10.Websocket session disconnection actions

onDisconnected() code
The onDisconnected() function:

® sets up Play click actions
® enables Server url and Room name fields access

const onDi sconnected = function(state) {
state.clear();
$("#pl acehol der") . show();
$("#playBtn").text("Play").off('click').click(function () {
onStartCick(state);
}).prop('disabled , false);
$('#url').prop('disabled , false);
$("#streanNane") . prop(' di sabled', false);


https://github.com/flashphoner/sfu_sdk/blob/8cd27d9e34ca42baf93f47ee979f6d9abeefd615/examples/src/webrtc-abr-player/player.js#L153
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