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WCS allows configuring the camera and the microphone from a browser. Let's see how this can be done and what parameters you can adjust when an
audio and video stream is captured. We use the Media Devices web application as an example:

media_device_manager.html

manager.js

Microphone settings

1. Selecting the microphone from the list

#/ Send Audio

Mic Default- «| 0

Default - Microphone (Realtek High Definition Audio)
Mic Gain Hardware - Microphone (Realtek High Definition Audio)
Microphone (ManyCam Virtual Microphone)
Microphone (Realtek High Definition Audio)

FEC @

code:

Fl ashphoner . get Medi aDevi ces(nul |, true, MEDI A DEVI CE KIND.|INPUT).then(function (list) {
i st.audio.forEach(function (device) {

1)

}).catch(function (error) {
$("#notifyFlash").text("Failed to get nmedia devices");
IR

2. Microphone switching while stream is publishing

# Send Audio

Mic Microphon v 0O

Switch

code:


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/media_device_manager.html
https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js
https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L91
https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L232

$("#switchMcBtn").click(function (){

stream switchM c().then(function(id) {
$(' #audi ol nput option:selected ).prop('selected,
$("#audi ol nput option[value=""+id +"']").prop('selected',

}).catch(function(e) {
console.log("Error " + e);

1)

}).prop(' disabled , !'($('#sendAudio').is(':checked)));

3. Adjusting microphone gain (works in Chrome only)

Mic Gain L
FEC @
Stereo @
Bitrate 0 bps
Mute off
code:

$("#m cGainControl ").slider({

range: "mn",

mn: O,

max: 100,

val ue: current Gai nVval ue,

step: 10,

ani mate: true,

slide: function (event, ui) {
current Gai nvVal ue = ui . val ue;
if(previewstreanm {

publ i shStream set M crophoneGai n( current Gai nVal ue) ;

}
}
1)

4. Enabling error correction (for the Opus codec only)

Mic Gain -
FEC @ 4

Stereo @

Bitrate @ 0 bps
Mute off

true);


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L731

code:

if (constraints.audio) {
constraints.audio = {
devi celd: $('#audi ol nput').val ()
I
if ($("#fec").is(':checked))
constraints.audio.fec = $("#fec").is(':checked);

5. Setting stereo/mono mode.

Mic Gain -

FEC @

Stereo @ L4

Bitrate @ 0 bps
Mute off

code:
if (constraints.audio) {
constraints.audio = {
devi celd: $('#audi ol nput').val ()
}
if ($("#sendStereoAudio").is(':checked))
constraints. audi o. stereo = $("#sendSt ereoAudi 0").is(':checked');
}

6. Setting audio bitrate in bps

Mic Gain L

FEC @ O

Stereo @ 0

Bitrate @ 64000 [ bps
Mute off

code:


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L448
https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L448
https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L448

if (constraints.audio) {
constraints.audio = {
devi cel d: $(' #audi ol nput').val ()
b

if (parselnt($('#sendAudioBitrate').val()) > 0)
constraints.audio.bitrate = parselnt($(' #sendAudioBitrate').val ());

7. Turning off the microphone (mute).

Mic Gain -
FEC @

Stereo @

Bitrate @ 0 bps
we  [E

code:

if ($("#nmuteAudi oToggl e").is(":checked")) {
mut eAudi o() ;
}

Camera settings

1. Camera selection

# Send Video

s Cam TOSHIBAW -

TOSHIBA Web Camera (04ca:7008)
ManyCam Virtual Webcam

Canvas

code:

Fl ashphoner . get Medi aDevi ces(nul |, true, MEDI A DEVI CE_KIND.|NPUT).then(function (list) {

l'ist.video.forEach(function (device) {

IO N
}).catch(function (error) {
$("#notifyFlash").text("Failed to get nedia devices");

1)


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L421
https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L91

If audio devices access should not be requested while choosing a camera, getMediaDevices() function should be called with explicit constraints setting

Fl ashphoner . get Medi aDevi ces(nul |, true, MEDI A_DEVI CE_KI ND. | NPUT, {video: true, audio: false}).then(function
(list) {

list.video.forEach(function (device) {

IR
}).catch(function (error) {
$("#notifyFlash").text("Failed to get nedia devices");

1)

2. Switching cameras while stream is publishing

#| Send Video

* Cam TOSHIBAW

Canvas

code:

$("#switchBtn").text("Switch").off('click').click(function () {
stream swi tchCan().then(function(id) {
$(' #vi deol nput option:selected ).prop('selected , false);
$("#vi deol nput option[value=""+ id +"']").prop('selected, true);
}).catch(function(e) {
console.log("Error " + e);
IO
IOF

Switching of the camera can be done "on the fly" during stream broadcasting. Here is how switching works:
® On PC cameras switch in the order they are defined in the device manager of the operating system.
* On Android, if Chrome is used, the default is the frontal camera. If Firefox is used, the default is the rear camera.
® OniOS in the Safari browser, by default the frontal camera is selected, but in the drop-down the rear camera is the first.

3. Specifying the resolution of the video


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L224

Size 640 4380

FPS 30

Bitrate o i
0 0

coD® L4

Mute off

code:

constraints.video = {
devi cel d: $(' #videolnput').val(),
wi dt h: parselnt ($(' #sendWdth').val ()),
hei ght: parselnt ($(' #sendHei ght').val ())
b
if (Browser.isSafari WebRTC() && Browser.isiOS() && Fl ashphoner. get Medi aProviders()[0] === "WbRTC") {
constraints. video.deviceld = {exact: $('#videolnput').val()};

}

4. Setting FPS

Size 320 240

FPS 15

Bitrate i i
0 0

coD® .4

Mute off

code:

if (constraints.video) {

if (parselnt($('#fps').val()) > 0)
constraints.video.frameRate = parselnt($('#fps').val());


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L461
https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L473

5.Setting video bitrate in kbps

Size 320 240

FPS 30

Bitrate el LEL
500 1000

cop® ‘

Mute off

code:

if (constraints.video) {

if (parselnt($(' #sendVideoMnBitrate').val()) > 0)
constraints.video.mnBitrate = parselnt($(' #sendVideoM nBitrate').val ());
if (parselnt($('#sendVi deoMaxBitrate').val()) > 0)
constraints.video. maxBitrate = parselnt($(' #sendVi deoMaxBitrate').val ());

6. Setting CPU Overuse Detection

Size 320 240

FPS 30

Bitrate IR AL
0 0

cop®

Mute off

code:


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L469
https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L390

if (!$("#cpuOveruseDetection").is(':checked)) {
medi aConnectionConstraints = {
"mandatory": {
googCpuOveruseDet ection: false

}

7. Turning off the camera (mute)

size 320 240

FPS 30

Bitrate e e
0 0

coD @ 4

w

code:
if ($("#muteVideoToggle").is(":checked")) {

mut eVi deo() ;
}

Testing camera and microhpone capturing locally

Local camera and microphone test is intended to check capturing in browser without publishing stream to server.


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L418

Media Devices

Local Preview

ManyCam.ocom

WCS  wss//p11.flashphc

Start
Release ¥ Play audio

code:


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L909

function startTest() {
Fl ashphoner . get Medi aAccess(get Constraints(), |ocal Video).then(function (disp) {
$("#testBtn").text("Rel ease").of f('click').click(function () {
$(this).prop('disabled , true);
stopTest ();
}).prop('disabled , false);

wi ndow. Audi oCont ext = wi ndow. Audi oCont ext || w ndow. webki t Audi oCont ext ;
i f (Flashphoner. get Medi aProvi ders()[0] == "WbRTC' && w ndow. Audi oCont ext) {
for (i =0; i < localVideo.children.length; i++) {
if (localVideo.children[i] && |ocal Video.children[i].id.indexOf("-LOCAL_CACHED VIDEO') != -1) {

var stream = | ocal Video.children[i].srcQpject;
audi oCont ext For Test = new Audi oCont ext ();
var m crophone = audi oCont ext For Test . cr eat eMedi aSt r eanSour ce(strean);
var javascri pt Node = audi oCont ext For Test . createScri pt Processor (1024, 1, 1);
m cr ophone. connect (j avascri pt Node) ;
javascri pt Node. connect (audi oCont ext For Test . desti nati on);
j avascri pt Node. onaudi oprocess = function (event) {

var inpt_L = event.inputBuffer.getChannel Data(0);

var sumL = 0.0;

for (var i =0; i <inpt_L.length; ++i) {

sumL += inpt_L[i] * inpt_L[i];
}
$("#m cLevel ). text (Math.floor(Math.sqgrt(sumL / inpt_L.length) * 100));

}

}
} else if (Flashphoner.get Medi aProviders()[0] == "Flash") {

m cLevel Interval = setlnterval (function () {
$("#m cLevel ") . text (disp.children[0].getM crophonelLevel ());
}, 500);
}
testStarted = true;
}).catch(function (error) {
$("#testBtn"). prop(' disabled , false);
testStarted = fal se;

1)

SDP parameters replacing

When publishing stream, there is a possibility to replace SDP parameters. In 'SDP replace' field string template is set for search for the parameter to
replace, and in 'with' field new parameter value is set.

SDFP 0 with 0
replace

To replace SDP parameters, a callback function is used that should be set on stream creation in sdpHook option of createStream() method:

stream creationcode


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L400

publ i shStream = sessi on. creat eStrean{
nane: streanmNane,
di splay: |ocal Vi deo,
cachelLocal Resources: true,
constraints: constraints,
medi aConnect i onConstrai nts: medi aConnecti onConstraints,
sdpHook: rewriteSdp,

i3]

rewriteSdp functioncode

function rewiteSdp(sdp) {
var sdpStringFind = $("#sdpStringFind").val().replace('\\r\\n',"\r\n");
var sdpStringRepl ace = $("#sdpStringReplace").val ().replace('\\r\\n'","\r\n");
if (sdpStringFind != 0 && sdpStringReplace != 0) {
var newSDP = sdp.sdpString.toString();
newSDP = newSDP. r epl ace( new RegExp(sdpStringFind, "g"), sdpStringRepl ace);
return newSDP;

}
return sdp.sdpString;

Rising up the bitrate of video stream published in Chrome browser

SDP parameters replacement allows to rise video streeam published bitrate. To do this, SDP parameter 'a' must be replaced by this template when
publishing H264 stream:

a=fnmp:(.*) (.7)

to

a=fntp: $1 $2; x- googl e- i n-bi trat e=2500

where 2500 is the bitrate in kilobytes per second.

Similarly, video bitrate on start can be set (x-google-start-bitrate attribute) and maximum bitrate can be limited (x-google-max-bitrate attribute). Note that
if minimum bitrate only is set, then resulting bitrate cannot be above 2500 kbps, probably maximum bitrate value is fixed on this level by default in
Chrome browser. When higher bitrate values are required, for example, to publish high reso;ution streams, both minimum and maximum values must be
explicitly set:

a=fntp: $1 $2; x- googl e- max- bi t r at e=7000; x- googl e- nm n- bi t r at e=3000

In this case browser will try to keep bitrate in limits from 3000 to 7000 kbps when publishing a stream.

When publishing VP8 stream, SDP parameter 'a' must be replaced by this template

a=rtpmap: (.*) VP8/90000\r\n

to

a=rtpmap: $1 VP8/ 90000\ r\ na=f nt p: $1 x- googl e- m n- bi t r at e=3000; x- googl e- max- bi t rat e=7000\ r\ n
This feature is available in Chrome browser only.
Bandwidth management

SDP parameters replacement allows to set bandwidth for stream publishhed. To do this,SDP parameter 'c' must be replaced by this template when
publishingstream


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L480

c=IN (.*)\r\n

to

c=I' N $1\ r\ nb=AS: 10000\ r\ n

Setting up codecs

When publishing the stream, there is a possibility to eliminate from WebRTC SDP codecs that should not be used to publish the given stream, for
example:

publ i shStream = sessi on. creat eStrean{

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

1
publ i shStream publish();

Such a capability is handy when you need to find some workaround for bugs of a browser or if it conflicts with the given codec. For example, if H.264
does not work in a browser, you can turn it off and switch to VP8 when working via WebRTC.

Sound device selection

Sound output device can be selected (and switched "on the fly") while stream is playing in Chrome and MS Edge browsers.

4 Play audio

Output| Default - v

Default - Speakers (Realtek High Definition Audio)

Volume Speakers (Realtek High Definition Audio)

code:

Fl ashphoner . get Medi aDevi ces(nul |, true, MEDI A DEVI CE_KI ND. OQUTPUT) . t hen(function (list) {
i st.audio.forEach(function (device) {

IOF
}).catch(function (error) {
$(' #audi oQut put Form ). renove();

1)

Note that Firefox and Safari browsers always return empty output devices list, therefore sound device setection does not supported for these browsers

WebRTC statistics displaying

A client application can get WebRTC statistics according to thestandard while publishing or playing stream. The statistics can be displayed in browser,
for example:


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L69
https://www.w3.org/TR/webrtc-stats/

Media Devices

Video stats Local Preview Video stats
Bytes sent: 40800
Packets sent: 417
Frames encoded: 395
Audio stats

Bytes sent: 34020
Packets sent: 720

F received: 40713
Hets received: 412
es decoded: 384
o stats

BE received: 33124
CHets received: 700

320x240 320x240

Note that in Safari browser audio only statistics can be displayed.
1. Statistics displaying while stream is published

stream.getStats()code:

publ i shStream get Stats(function (stats) {
if (stats && stats.outboundStream {
if (stats.outboundStream video) {
showSt at (st at s. out boundSt ream vi deo, "out Vi deoStat");
let vBitrate = (stats.outboundStream vi deo. bytesSent - videoBytesSent) * 8;
if ($(' #outVideoStatBitrate').length == 0) {
let html = "<div>Bitrate: " + "<span id="outVideoStatBitrate' style='font-weight:
normal ' >" + vBitrate + "</span>" + "</div>";
$("#out Vi deoSt at") . append(htni);
} else {
$(' #outVideoStatBitrate').text(vBitrate);
}

vi deoByt esSent = stats. out boundStream vi deo. byt esSent ;

}

if (stats.outboundStream audio) {
showSt at (st ats. out boundSt ream audi o, "out Audi oStat");
let aBitrate = (stats.outboundStream audi o. bytesSent - audi oBytesSent) * 8;
if ($(' #outAudioStatBitrate').length == 0) {
let html = "<div>Bitrate: " + "<span id="outAudioStatBitrate' style='font-weight:
normal ' >" + aBitrate + "</span>" + "</div>";
$("#out Audi oSt at") . append(htnm);
} else {
$(' #out Audi oSt atBitrate').text(aBitrate);
}

audi oByt esSent = stats. out boundSt ream audi o. byt esSent ;

1)

2. Statistics displaying while stream is played

stream.getStats()code:


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L813
https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L849

previ ewStream get Stats(function (stats) {
if (stats && stats.inboundStream {
if (stats.inboundStream video) {

showSt at (st ats. i nboundStream vi deo, "inVideoStat");

let vBitrate = (stats.inboundStream vi deo. bytesRecei ved - vi deoByt esRecei ved) * 8;

if ($('#inVideoStatBitrate').length == 0) {
let html = "<div>Bitrate: " + "<span id="inVideoStatBitrate' style='font-weight:

normal ' >" + vBitrate + "</span>" + "</div>";

$("#inVideoStat").append(htm);

} else {
$(' #inVideoStatBitrate').text(vBitrate);

}

vi deoByt esRecei ved = stats.inboundStream vi deo. byt esRecei ved;

}

if (stats.inboundStream audio) {
showSt at (stats. i nboundStream audi o, "inAudioStat");
let aBitrate = (stats.inboundStream audi o. byt esRecei ved - audi oByt esRecei ved) * 8;
if ($('#inAudioStatBitrate').length == 0) {
let html = "<div style='font-weight: bold >Bitrate: " + "<span id="inAudioStatBitrate'
style="font-weight: normal'>" + aBitrate + "</span>" + "</div>";
$("#i nAudi oSt at") . append(htm );
} else {
$(' #inAudi oStatBitrate').text(aBitrate);

}

audi oByt esRecei ved = stats.inboundStream audi o. byt esRecei ved;

1)

Picture parameters management

When video stream is published, it is possible to manage picture resolution and frame rate with constraints.

Picture resolution management

Pucture resolution can be exactly set

constraints = {audio:true, video:{w dth: 320, hei ght: 240} }

However, in some cases it is necessary to set height and width as range

constraints = {audio:true, video:{w dth:{m n:160, max: 320}, hei ght: {m n: 120, max: 240} }}
For some browsers, iOS Safari for example, exact values should be set as range (in lastversionsthere is a workaround on WebSDK level)

constraints = {audio:true, video:{w dth:{m n: 320, max: 320}, hei ght : { m n: 240, max: 240}}}

Frame rate management

Frame rate can be set exactly

constraints = {audio:true, video:{franmeRate: 30}

Oor as range


https://docs.flashphoner.com/display/WCS5EN/Release+notes

constraints = {audio:true, video:{frameRate:{m n: 15, max: 30}}

In some cases, for example if web camera supports 24 fps only and frame rate is set to 30 fps then stream publishing will fail. In this case frame rate
should be set as ideal

constraints = {audio:true, video:{franmeRate: {ideal:30}}

Seamless switching between web camera stream and screen share stream
during publication

During webinars it is often necessary to switch between streams captured from conductors web camera and screen share while streams are published.
Ideally, such switching should be seamless, and conductors michrophone soundtrack must be continued. In latest WebSDK versions this feature is
implemented for Chrome and Firefox browsers, let's look at the sample in Media Devices application.

Media Devices

Video stats Local Preview Video stats

Bytes sent: 389875 Bytes received: 362269
Packets sent: 430 Packets received: 389
Frames encoded: 183 Frames decoded: 166
Audio stats Audio stats

Bytes sent: 33404 Bytes received: 31594
Packets sent: 420 Packets received: 399

640x480 640x480

WCS wss/ftest2 flashphoner.com:8:

PUBLISHING
Screen share off
Size 640 480
FPS 30
Bitrate bl otk
0 0
coD® 4
Mute off

1. While streaming from chosen microphone and camera, when switch 'Screen share' is set to 'on' switchToScreen functioun will be invoked

stream.switchToScreencode


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L612

function switchToScreen() {
if (publishStream {

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

$(' #videol nput').prop('disabled , true);

publ i shStream swi t chToScr een( $("' #medi aSource').val ()).catch(function () {
$("#screenShareToggl e").renoveAttr (" checked");
$(' #switchBtn'). prop('disabled , false);
$(' #vi deol nput' ). prop(' disabled, false);

IO

Media stream source (screen) should be passed to this function.

2. Then user should choose whole screen or certain program window to share with Chrome extension or with Firefox dialog box:

Bitrate ® 0 [E bps
Quality 0
Mute off x
Share your screen
Flashphoner Screen Sharing wants to share the contents of your screen with test2.flashphoner.com:BEEE.
Send Video Choose what you'd like to share.
Your Entire Screen Application Window Chrome Tab
Cam ManyCam Virtu: v
h
Canvas
..... = = -
-:IHIIZ..&; e
Share audio m Cancel
Screen share n
Size 640 480
3. Screen share stream is published to server
Media Devices
Video stats Local Preview Video stats

Bytes sent: 74107
Packets sent: 9358
Frames encoded: 904
Audio stats

Bytes sent: 195368
Packets sent: 2220

Byles received: 2583101
Packets received: 3313
Frames decoded: 1761
Audio stats

Bytes received: 194046
Packets received: 2202

640x400

WCs

640x400

wss/ltest2 flashphoner.com:s:

PUBLISHING

Sound translation source is not changed.



https://docs.flashphoner.com/display/WCS5EN/From+the+computer+screen+%28screen+sharing%29+in+a+browser+via+WebRTC#Fromthecomputerscreen(screensharing)inabrowserviaWebRTC-ExtensionforGoogleChromewithpublicationinChromeStore

4. To revert back web camera streaming switchToCam function is invoked

stream.switchToCamcode

function sw tchToCan() {
if (publishStream {
publ i shStream swi tchToCan();
$(' #switchBtn'). prop('disabled , false);
$(' #vi deol nput' ). prop('disabled , false);

Known limitations

1. Stream switching works in Chrome and Firefox browsers only.

2. It is impossible to switch web camera while screen share stream is published.
3. Extensionis necessary to capture screen in Chrome browser.

4. Switching from web camera to screen share stream and back again works only if web camera stream was published first.

Known issues

1. Microphone swithing does not work in Safari browser.
Symptoms: microphone does not switch usingswitchMic() WCS WebSDK method.

Solution: use another browser, because Safari always uses sound input microphone, that is chosen in system sound menu (hold down the option (alt)
button and click on the sound icon in the menu bar). When microphone is chosen in sound menu, Mac reboot is required.

If Logitech USB camers microphone does not work (when it is chosen in sound menu), format / sample rate changing in Audio MIDI Setup and rebooting
can help.

2. i0S Safari freezes on playback when publisher changes a camera.
Symptoms: when camera is changed, the stream published playback freezes in iOS Safari browser.

Solution: enable transcoding using the following parameter in flashphoner.properties file

di sabl e_stream ng_proxy=true

or set a fixed resolution in player script for stream playback

sessi on. creat eStrean({constraints: {audi o: true, vi deo: {wi dt h: 320, hei ght: 240}}}). pl ay();


https://github.com/flashphoner/flashphoner_client/blob/a35dd68a0aefa5f4daefa16aebb13c11f9e3a7ce/examples/demo/streaming/media_devices_manager/manager.js#L624
https://docs.flashphoner.com/display/WCS5EN/From+the+computer+screen+%28screen+sharing%29+in+a+browser+via+WebRTC#Fromthecomputerscreen(screensharing)inabrowserviaWebRTC-ExtensionforGoogleChromewithpublicationinChromeStore
https://docs.flashphoner.com/display/WCS5EN/Settings+file+flashphoner.properties
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