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Overview

Supported platforms and browsers

Chrome Firefox Safari 11 Edge

Windows + + +
Mac OS + + +
Android + +

i0S +(iOS 14.4)  +(i0S 14.4) +

Operation flowchart
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1. The browser connects to the server via the Websocket protocol and sends the publish command.

2. The browser captures the microphone and the camera and sends the WebRTC stream to the server.
3. The second browser establishes a connection also via Websocket and sends the play command.

4. The second browser receives the WebRTC stream and plays this stream on the page.

Quick manual on testing

Publishing a video stream on the server and playing it via WebRTC in a browser
1. For this test we use the demo server at demo.flashphoner.com and the Two Way Streaming web application
https://demo.flashphoner.com/client2/examples/demo/streaming/two_way_streaming/two_way_streaming.html

2. Establish a connection to the server using the Connect button


http://demo.flashphoner.com
https://demo.flashphoner.com/client2/examples/demo/streaming/two_way_streaming/two_way_streaming.html

Loca Player
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ESTABLISHED

3. Click Publish. The browser captures the camera and sends the stream to the server.

Lacal Player

Please start ManyCam

(o] inother video aource

12d7 Stop 12d7 Flay | Available
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ESTABLISHED

4. Open Two Way Streaming in a separate window, click Connect and provide the identifier of the stream, then click Play.
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5. Playback diagrams in chrome://webrtc-internals
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chrome://webrtc-internals

Call flow

Below is the call flow when using the Two Way Streaming example to play the stream
two_way_streaming.html

two_way_streaming.js

WCS
1. Flashphoner.createSession():

| > 1
1 1
|

I 2. ConnectionStatusEvent ESTABLISHED :
| -+ 1
1 1
|

: 3. stream.play(); :
| »> 1
|

I 4. StreamStatusEvent PLAYIMNG :
| -+ 1
| |
1 1
I 5. WebRTC audio+video stream .
I -4 I
1 1
: 6. stream.stop(): :
| > 1
1 1
| 7. StreamStatusEvent STOPPED I
| < |
1 1
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1. Establishing a connection to the server.

Flashphoner.createSession();code

Fl ashphoner. creat eSessi on({url Server: url}).on(SESSI ON_STATUS. ESTABLI SHED, function (session) {
set St at us("#connect Status", session.status());
onConnect ed( sessi on) ;
}) . on( SESSI ON_STATUS. DI SCONNECTED, function () {
set St at us("#connect St at us", SESSI ON_STATUS. DI SCONNECTED) ;
onDi sconnect ed();
}) . on( SESSI ON_STATUS. FAI LED, function () {
set St at us("#connect St at us", SESSI ON_STATUS. FAI LED) ;
onDi sconnect ed();

1)

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


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/two_way_streaming/two_way_streaming.js#L37

ConnectionStatusEvent ESTABLISHEDcode

Fl ashphoner. creat eSessi on({url Server: wurl}).on(SESSI ON_STATUS. ESTABLI SHED, function (session) {
set St at us("#connect Stat us", session.status());
onConnect ed( sessi on);

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

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

1)

3. Playing the stream.
stream.play();code
session. createStreany{

nane: streanmNane,
di spl ay: renoteVideo

1) play():;

4. Receiving from the server an event confirming successful playing of the stream.
StreamStatusEvent, status PLAYINGcode
session. createStreany{
nane: streanmNane,

di spl ay: renoteVideo
}) . on( STREAM STATUS. PENDI NG, function(strean {

}) . on( STREAM STATUS. PLAYI NG function (stream {
set Status("#pl ayStatus", streamstatus());
onPl ayi ng(stream;

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

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

1) play();

5. Receiving the audio and video stream via WebRTC
6. Stopping playing the stream.
stream.stop();code
function onPl ayi ng(stream {
$("#playBtn").text("Stop").of f('click').click(function () {
$(this).prop('disabled , true);
stream stop();

}).prop(' disabled , false);
$("#playlnfo").text("");

7. Receiving from the server an event confirming the playback is stopped.

StreamStatusEvent, status STOPPEDcode


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#L164
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/two_way_streaming/two_way_streaming.js#L164
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/two_way_streaming/two_way_streaming.js#L96
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/two_way_streaming/two_way_streaming.js#L164

session. creat eStreany{
nane: streanmNane,
di spl ay: renoteVideo
}) . on( STREAM STATUS. PENDI NG function(stream {

}) . on( STREAM _STATUS. PLAYI NG function (stream {

}) . on( STREAM _STATUS. STOPPED, function () {
set St at us("#pl aySt at us", STREAM STATUS. STOPPED) ;
onSt opped() ;

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

1) play();

Playing two or more streams on the same page

WGCS provides possibility to play two or more streams on the same page. In the context offlowchartandcall flowplaying multiple streams is no different
from playing just one.

1. For the test we use:
® the demo server at demo.flashphoner.com;
* theTwo Way Streamingweb application to publish streams
® the2 Playersweb application to play streams

2. Open the Two Way Streaming web application, click Connect, then Publish. Copy the identifier of the first stream from the Play window:

Two-way Streaming

Local Flayer

Q MaryCam.com

812d Stop 812d Play | Available

PUBLISHING

wss ff/demo_flashphoner.com: 8443 Disconnect

ESTABLISHED

3. In another tab, open the Two Way Streaming web application, click Connect, then Publish. Copy the identifier of the second stream from the Play
window:


http://demo.flashphoner.com
https://demo.flashphoner.com/client2/examples/demo/streaming/two_way_streaming/two_way_streaming.html
https://demo.flashphoner.com/client2/examples/demo/streaming/2players/2players.html

Two-way Streaming

Player
4ads Stop 4a45 Play Available
PUBLISHING
wss:/idemo_flashphoner.com:8443 Disconnect
ESTABLISHED
4. Open the 2 Players web application and specify identifiers of the first (left) and the second (right) streams:
2 players
Player 1 Player 2
812d Play 4a45 Play
wss:ffdemo flashphoner.com:8443 Disconnect
ESTABLISHED

5. Click Play below right and left players:



2 players

Player 1

Player 2

812d Stop 4a45 Stop
PLAYING PLAYING
wss:.f#demo.ﬂashphoner.com:8443 Disconnect
ESTABLISHED
6. Diagrams in chrome://webrtc-internals for the first stream:
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7. Diagrams in chrome://webrtc-internals for the second stream:
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chrome://webrtc-internals
chrome://webrtc-internals

Maximum number of streams to play on the same page simultaneously
Maximum number of streams to play on the same page simultaneously with acceptable quality depends on the following parameters:

® asingle stream parameters (resolution amd bitrate)
® channel bandwidth from server to client
® atransport used (UDP or TCP)

® client device performance

For example, the following maximum values are experimentally obtained for the stream 1920x1080 with 2 Mbps bitrate using TCP transport on channel
bandwidth 30-35 Mbps:

* Intel Core i5 8 gen and newer based PC, from 8 Gb RAM: up to 15 audio+video streams, or up to 6 audio+video and 14 audio only streams

* A flagship Android/iOS device of year 2018 and newer (Samsung S series, Apple iPhone Pro): up to 15 audio+video streams, or up to 6
audio+video and 14 audio only streams

* A middle ol lower class device, or obsoleted Android/iOS device (Nokia 5, Apple iPhone 7): up to 6 audio+video streams, or audio only streams

Thus, for the stream 1920x1080 with 2 Mbps bitrate seems optimal to play no more than 6 streams on the same page for any client can play them.

Let's test a webinar case: one desktop stream 1920x1080 with 2 Mbps bitrate and a number of webcam streams 640x360 with 500 kbps bitrate. Under
the same channel conditions:

* Intel Core i5 8 gen and newer based PC, from 8 Gb RAM: up to 25 audio+video streams, or up to 6 audio+video and 25 audio only streams

* A flagship Android/iOS device of year 2018 and newer (Samsung S series, Apple iPhone Pro): up to 20 audio+video streams, or up to 6
audio+video and 25 audio only streams

* A middle ol lower class device, or obsoleted Android/iOS device of year 2017 and newer: up to 10 audio+video streams, or up to 6 audio+video
and 15 audio only streams

Thus, for webinar case with one desktop stream and a number of webcam streams seems optimal to play no more than 10 streams on the same page for
any client can play them.

WebRTC stream playback in custom player

A stream published on WCS server can be played via WebRTC in custom player, for example, in a VR player. To fo this, video page element to play
stream should be passed asr enot eVi deoparameter tosession.createStream() WebSDK function

session.ceateStream() code

session. createStrean({
name: docunent. get El enent Byl d(' pl ayStreamni ). val ue,
di spl ay: display,
renot eVi deo: video

19

Testing
1. For test we use:
* WCS server
* Two Way Streamingweb application to publish a stream

® DelightVR player to play a stream

2. Publish stream on WCS server


https://demo.flashphoner.com/client2/examples/demo/streaming/two_way_streaming/two_way_streaming.html
https://delight-vr.com/

Two-way Streaming

Player
test Stop 5e63 Play = Awvailable
PUBLISHING
wss:/itest? flashphoner com-8443 Disconnect

ESTABLISHED

3. Play stream in VR player

Custom player page code sample



1. Video page element, stream name input field and buttons to start and stop playback declaration

<div style="wi dth: 50%" id="display">
<dl 8-1ive-video id="renoteVi deo" format="STEREO TERPON">
<sour ce>
</dl 8-1ive-vi deo>
</div>
<input class="formcontrol" type="text" id="playStrean placehol der="Stream Nane">
<button id="playBtn" type="button" class="btn btn-default" disabl ed>Pl ay</button>
<button id="stopBtn" type="button" class="btn btn-default" disabl ed>Stop</button>

2. Player ready to playback event handling

docunent . addEvent Li st ener (' x-dl 8-evt-ready', function () {
dl 8vi deo = docunent. get El enent Byl d(' renot eVi deo' ) ;
$(' #playBtn').prop(' disabled , false).click(function() {
pl ayStream();
1
s

3. Connection to WCS server establishing and stream creation

var video = dl 8vi deo. cont ent El enent ;
Fl ashphoner . creat eSessi on({url Server: url}).on(SESSI ON_STATUS. ESTABLI SHED, function
(session) {
var session = Fl ashphoner. get Sessi ons()[0];
session. createStrean({
nane: docunent. get El ement Byl d(' pl ayStreani). val ue,
di spl ay: display,
renot eVi deo: vi deo
}) . on( STREAM STATUS. PLAYI NG function (stream {

}).play();
b

4. Start playback in VR player and stop button click handling

}) . on( STREAM _STATUS. PLAYI NG function (stream {
dl 8vi deo. start();
$(' #stopBtn'). prop(' disabled', false).click(function() {
$(' #pl ayBtn'). prop(' disabled', false);
$("' #stopBtn').prop(' disabled , true);
stream stop();
dl 8vi deo. exit();
IOF
}).play();
b

Full custom player page code sample



Code

<! DOCTYPE htm >
<htm >
<head>
<titl e>WbRTC Delight</title>
<meta charset="UTF-8">
<meta nanme="vi ewport" content="wi dt h=devi ce-width, initial-scale=1.0">

<script type="text/javascript" src="../../../../flashphoner.js"></script>
<script type="text/javascript" src="../../dependencies/jquery/jquery-1.12.0.js"></script>
<script type="text/javascript" src="../../dependencies/js/utils.js"></script>

<script src="dl 8-66b250447635476d123a44a391c80b09887e831e.|s" async></scri pt>
<meta nane="dl 8-customformat"” content='{"nane": "STEREO TERPON', "base":"STEREO MESH', "parans":{"uri":
"03198702. json"}}' >
</ head>
<body>
<div style="wi dth: 50%" id="display">
<dl 8-1ive-video id="renoteVi deo" format="STEREO TERPON">

<sour ce>
</ dl 8-1ive-vi deo>
</ div>
<input class="formcontrol" type="text" id="playStreant placehol der="Stream Nanme">
<button id="playBtn" type="button" class="btn btn-default" disabl ed>Pl ay</button>
<button id="stopBtn" type="button" class="btn btn-default" disabl ed>Stop</button>
<script>

Fl ashphoner.init({fl ashMedi aProvi der Swf Location: '../../../../media-provider.swf'});
var SESSI ON_STATUS = Fl ashphoner. const ants. SESSI ON_STATUS;
var STREAM STATUS = Fl ashphoner. const ants. STREAM STATUS;
var STREAM STATUS | NFO = Fl ashphoner. const ant s. STREAM STATUS_| NFG,
var playBtn = docunent. get El ement Byl d(' pl ayBtn');
var display = docunent. get El ement Byl d(' di splay');
var dl 8video = null;
var url = setURL();
docunent . addEvent Li stener (' x-dl 8-evt-ready', function () {
dl 8vi deo = docunent. get El enent Byl d(' renot eVi deo' ) ;
$("' #playBtn').prop(' disabled , false).click(function() {

pl ayStream();
IoF
i)
function playStrean() {
$(' #playBtn'). prop(' disabled , true);
$("' #stopBtn').prop(' disabled, false);
var video = dl 8vi deo. cont ent El enmrent ;
Fl ashphoner. creat eSessi on({url Server: url}).on(SESSI ON_STATUS. ESTABLI SHED, function
(session) {
var session = Fl ashphoner. get Sessi ons()[0];
session. createStrean({
nanme: docunent. get El enent Byl d(' pl ayStreamn ). val ue,
di spl ay: display,
renot eVi deo: vi deo
}) . on( STREAM _STATUS. PLAYI NG function (stream {
dl 8vi deo. start();
$(' #stopBtn'). prop(' disabled', false).click(function() {
$(' #pl ayBtn').prop(' di sabled', false);
$("' #stopBtn').prop(' disabled , true);
stream stop();
dl 8vi deo. exit();
IOF
}).play();
b
}
</script>
</ body>

</htm >

Automatic stream playback



PlayerandEmbed Playerexamples support automatic stream playback with the following URL parameter

aut opl ay=true

for example

htt ps:// host nane: 8888/ enbed_pl ayer ?ur| Server =wss: // host nane:
8443&st r eanNanme=st r eanml&aut opl ay=t r ue&medi aPr ovi der s=\WebRTC

Where
® hostname is WCS server hostname
® stream1 is a stream name

Autoplay issues in different browsers

Chrome

In latest Chrome versions (71 and higher) content autoplay policy was changed. Now, user has to do something to start video playback on web page, to
press a key for example.

The policy change affects also audiocontext creation that is needed to play a sound. Accrding to new policy, audiocontext may only be created as
response to some user action.

Therefore, in Chrome 71 and in another Chromium based browsers that support new autoplay policy, video automatic playback starts with muted sound.
To enable sound user has to move volume control in Embed Player window.

Firefox and MacOS Safari

As in Chrome browser, autoplay starts with muted sound. Users action is required to unmute.

iOS Safari

Autoplay works since iOS 12.2. Note that autoplay policy as well as in Chrome browser, requires user to move volume control to start sound playback.

In iOS 12.2-12.3 sound playback may not be started even after moving volume control. In this case, video playback should be restarted without reloading
the page.

Autoplay does not work in iOS Safari when Low Power Mode is enabled.

Audio playback tuning in iOS Safari

If one video stream is playing and then another video stream is publishing on the same page (videochat case for example) in iOS Safari, the sound level
may change for stream played. This can be escaped by the following ways:

1. Query media devices access on session creation before playing a stream

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

if (Browser.isSafari WebRTC() && Browser.isiOS() && Fl ashphoner. get Medi aProviders()[0] === "WbRTC") {

Fl ashphoner . pl ayFi r st Vi deo( | ocal Vi deo, true, PRELOADER URL).then(function () {
Fl ashphoner . get Medi aAccess(nul |, | ocal Video).then(function (disp) {
IO N
IOF
}

1)

2. 1-1,5 seconds after PLAYING stream status receiving, mute and unmute video and/or sound


https://demo.flashphoner.com:8888/client2/examples/demo/streaming/player/player.html
https://demo.flashphoner.com:8888/client2/examples/demo/streaming/embed_player/sample.html
https://developers.google.com/web/updates/2017/09/autoplay-policy-changes

session. creat eStreany{
nane: streanmNane,
di spl ay: renoteVideo
}) . on( STREAM STATUS. PENDI NG function (stream {

}) . on( STREAM _STATUS. PLAYI NG function (stream {
set Status("#pl ayStatus", streamstatus());
onPl ayi ng(strean;
if (Browser.isSafari WebRTC() && Browser.isiOS() && Flashphoner. get Medi aProviders()[0] === "WbRTC") {
set Ti meout (function () {
st ream nut eRenot eAudi o() ;
st ream unnut eRenot eAudi o() ;
}, 1500);
}

1) play();

Stereo audio playback in browser

The Opus codec parameters shoul be set on server side to play stereo audio in browser as like as for stream publishing

opus_formats = maxaver agebitrat e=64000; st er eo=1; spr op- st er eo=1;

In this case Firefox will play stereo audio without additional setup.

When a stream captured from RTMP, RTSP or VOD source is plaing in browser, audio is usually transcoded to Opus codec. By default, Opus encoder is
configured to play a speech and monophonic audio. Encoder bitrate should be raised to 60 kbps or higher to play stereo in browser

opus. encoder . bi t rat e=60000

Chromium-based browsers

By default, Chrome browser plays WebRTC stream with stereo sound in Opus codec as mono due to engine bug. An additiona client setup is required to
workaround this Chrome behaviour depending on client implementation

Using Web SDK

Since Web SDK build 0.5.28.2753.151 the following playback constraint option is available

constraints. audi 0. st ereo=true

for example

session. createStrean({
nanme: streanNane,
di spl ay: renoteVideo,
constraints: {
audi o: {
stereo: true

}
}
1) play():
Using Websocket API

If only Websocket API is used in project, it is necessary to change the Opus codec parameters in offer SDP right after its creation


https://docs.flashphoner.com/display/WCS52EN/From+a+web+camera+in+a+browser+via+WebRTC#FromawebcamerainabrowserviaWebRTC-Stereoaudiopublishinginbrowser
https://bugs.chromium.org/p/webrtc/issues/detail?id=8133
https://flashphoner.com/downloads/builds/flashphoner_client/wcs_api-2.0/flashphoner-api-0.5.28.2753-4b8279d6042dc16de985d57c0b61fcdc1ca2cebe.tar.gz
https://docs.flashphoner.com/display/WCS52EN/Raw+WebSocket+API

var connection = new RTCPeer Connecti on(connectionConfig, connectionConstraints);
connection.createCffer(constraints).then(function (offer) {

offer.sdp = offer.sdp.replace(' m npti mre=10', 'm nptine=10; st ereo=1; sprop-stereo=1');
connection. set Local Description(offer).then(function () {

1)
1)

Additional video stream playing delay

Sometimes it is necessary to add a certain fixed delay relative to translation while playing a stream. To do this, the option playoutDelay can be used since
WebSDK build0.5.28.2753.142shipped withWCS build5.2.708and later:

session. createStrean({
nane: streanmNane,
di spl ay: renoteVideo,
pl ayout Del ay: 10
}) . on( STREAM _STATUS. PENDI NG, function (stream {

}).play();
The delay is set in seconds.
The option works in Chromium browsers only which support the attribute
partial interface RTCRt pReceiver {

attribute doubl e? pl ayout Del ayHi nt;
b

The delay is not applied to audio tracks in the stream and to audio only streams.

Known issues

1. Possible bug in the Safari browser on iOS leads to freezes while playing via WebRTC
Symptoms: video playback stops, while the audio track may continue playing. Recovery needs reloading the page or restarting the browser.
Solution:

a) enable the transcoder on the server by setting the following parameter in flashphoner.properties

di sabl e_stream ng_proxy=true

b) when playing the stream from iOS Safari explicitly specify width and height, for example:

session. createStrean({constraints: {audi o:true, vi deo: {wi dt h: 320, hei ght: 240}}}) . pl ay();

2. Audiocodec PMCU ia used instead of Opus when sttream is published via RTMP and is played via WebRTC
Symptoms: PMCU codec is shown in chrome://webrtc-internals

Solution: switch Avoid Transcoding Alhorithm off using the following parameter inflashphoner.properties

di sabl e_rtc_avoi d_transcodi ng_al g=true

3. When RTMP stream is published with Flash Streaming, then it is played in iOS Safari browser via WebRTC, and another stream is published form iOS
Safari via WebRTC, sound stops playing in RTMP stream.

Symptoms:


https://flashphoner.com/downloads/builds/flashphoner_client/wcs_api-2.0/flashphoner-api-0.5.28.2753-064a79100b235f033076f5b6152b2c3e5677efc7.tar.gz
https://flashphoner.com/downloads/builds/WCS/5.2/FlashphonerWebCallServer-5.2.708.tar.gz
https://docs.flashphoner.com/display/WCS5EN/Settings+file+flashphoner.properties
chrome://webrtc-internals
https://docs.flashphoner.com/display/WCS5EN/Settings+file+flashphoner.properties

The stream1 stream is published from Flash Streaming web application in Chrome browser on Windows

The stream1 stream is played in Two Way Streaming web application in iOS Safari browser. Sound and video play normally.
The stream?2 stream is published from Two Way Streaming web application in iOS Safari browser.Sound stops playing.
Stop publishing stream in iOS Safari. Sound of stream1 plays again.

2o
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d
Solution: switch Avoid Transcoding Alhorithm off on the server using the following parameter inflashphoner.propertiesfile

di sabl e_rtc_avoi d_transcodi ng_al g=true

4. While publishing RTMP stream with Keep Alive disabled for all protocols, this stream playback via WebRTC in browser stops when WebSocket
timeout expires

Symptoms: playback of stream published with RTMP encoder stops in browser with no error message

Solution: if Keep Alive is disabled for all protocols with the following parameterinflashphoner.propertiesfile

keep_al i ve. al gori t hnENONE

it is necessary to switch off WebSocket read timeout with the following parameter

ws_read_socket _ti meout =f al se

5. G722 codec does not work in Edge browser
Symptoms: WebRTC stream with G722 audio does not play in Edge browser or play without sound and with freezes

Solution: use another codec or another browser. If Edge browser must be used, exclude G722 with the following parameter

codecs_excl ude_stream ng=g722, t el ephone- event

6. Some Chromium based browsers, for example Opera, Yandex, do not support H264 codec depending on browser and OS version
Symptoms: stream publishing does not work, stream playback works partly (audio only) or does not work at all

Solution: enable VP8 on server side

codecs=opus, ..., h264,vps, ...

exclude H264 for publishing or playing on clent side

publ i shStream = session. createStrean({

stri pCodecs: "h264, H264"
}) . on( STREAM STATUS. PUBLI SHI NG, function (publishStream {

IO
publ i shStream publish();

Note thatstream transcodingon server is enabled when stream published as H264 is played as VP8 and vice versa.

7. If Flash is enabled in site settings, an error can occur in Chrome 71 and later browser console "Cross-origin content must have visible size large than
400 x 300 pixels, or it will be blocked" while playing WebRTC stream.

Symptoms: "Cross-origin content must have visible size large than 400 x 300 pixels, or it will be blocked" message in browser console while playing
WebRTC stream, playback works normally

Solution: use WebSDK without Flash support

fl ashphoner-no-flash.js

8.With a large number of subscribers, lags in the playback stream are observed
Symptoms: with a large number of subscribers (more than 200 per 720p stream) video lags and freezes are observed, audio can play normally

Solution: enable mutithreaded frames sending to the clients


https://docs.flashphoner.com/display/WCS5EN/Settings+file+flashphoner.properties
https://docs.flashphoner.com/display/WCS5EN/Settings+file+flashphoner.properties
https://docs.flashphoner.com/display/WCS5EN/Stream+transcoding

stream ng_di stributor_vi deo_proxy_pool _enabl ed=true

Note than the setting affects only the streams which are not transcoded on this server
9. Audio goes to voice speaker by default when playing stream in iOS Safari
Symptoms: low audio while WebRTC is playing in iOS Safari, for example, when iOS user is entering chat room

Solution: mute then unmute sound when playback is started. for example

stream = sessi on. createStrean{options).on(STREAM STATUS. PLAYI NG function (stream {
st ream nut eRenot eAudi o() ;
st ream unmut eRenot eAudi o() ;

}).play();

10. If JDK 11 is used, server CPU load increases dramatically when iOS Safari subscriber connects to server
Symptoms:server CPU load increases dramatically when iOS Safari subscriber connects to server
Solution: update JDK to the one of recommended versions: 8, 12, 14.

11. When two or more streams are playing on the same page in Chrome browser on some Xiaomi devices with MIUI 12, the first stream pucture may
twitch

Symptoms: when two streams are playing on the same page in2 Playersexample,the first stream picture is twitching, the second stream picture flashing
over the first one

Solution:

a) use MIUI 11 on Xiaomi device

b) usemixer to play two or more streams on the same page

12. In Safari 16 video can be switched to a full screen mode only if a standard video controls are enabled for HTML5 video element

Symptoms: video is not displaying when switched to full screen mode, but audio still playing, after a couple of subsequents switches the page may hang

Solution: update Web SDK to build 2.0.224 and enable standard controls in player with useCont r ol s stream option:

function playStrean(session) {
var streamNanme = $(' #streanmNane').val ();
var options = {
nane: streanmNane,
di spl ay: renoteVideo,
useControl s: true

I
stream = sessi on. createStrean(options).on(STREAM STATUS. PENDI NG, function (stream {

1)

stream play();


https://docs.flashphoner.com/display/WEBSDK2EN/2+Players
https://docs.flashphoner.com/display/WCS52EN/Stream+mixer
https://flashphoner.com/downloads/builds/flashphoner_client/wcs_api-2.0/flashphoner-api-2.0.224-9175fa9b6c3a5b6960bea3831f1258bcf7eba4af.tar.gz
https://docs.flashphoner.com/display/WEBSDK2EN/Using+standard+video+controls+when+publishing+or+playing+a+stream
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