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WGCS offers possibility to capture a media stream from an MP4 file located on the local disk of the server (Video on Demand, VOD). The received stream
can be played, republished, managed just like any stream on the WCS server. First of all, this option is intended to play previously recorded broadcasts
in a browsers or a mobile application on the client side.

Overview

To capture VOD from a file, specify a link to the vod file as a stream name when calling the session.createStream() function, as follows:

vod: // sanpl e. np4

where sample.mp4 - is the name of the file that should be located in the /usr/local/FlashphonerWebCallServer/media/ directory.

If a file with such a name does not exist, the server returns the StreamStatusEvent FAILED message, where the "info" field has the reason: "File not
found".

A stream created this way can be displayed to one user (personal VOD). If a full-featured online-broadcast is required, provide the link to a file as follows:

vod-1ive://sanpl e. mp4

Multiple user can connect to such a stream simultaneously.

Supported formats and codecs

® Container: MP4
® Video: H.264
* Audio: AAC

Operation flowchart
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Browser 2 - Player

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

. The browser captures the microphone and the camera and sends the WebRTC stream as H.264 + AAC to the server, enabling recording with
the parameter record: true.

The WCS server records the stream to a file.

. The browser stops publishing.

. The second browser establishes a connection via Websocket, creates a stream, specifies the file name, and sends the play command.

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

N =

ovAw

Quick manual on testing
1. For the test we use thePlayerweb application to play the file.
2. Upload the file to the /usr/local/FlashphonerWebCallServer/media/ directory.

3. Open the Player web application and enter the name of the file in the Stream field:


https://demo.flashphoner.com/client2/examples/demo/streaming/player/player.html

WCS URL wss ip11.flashphoner.com:8443

Stream vod:/fsample mp4

Volume .

Full Screen “u

Start

4. Click Start. The file starts playing:

Player

e DURIAN OPEN MOVIE rrojecT

WCS URL wss:/p11_flashphoner.com:8443

Stream vod:/f'sample mp4

5. Click Stop to stop the playback.
6. Delete the file from /usr/local/FlashphonerWebCallServer/media/

7. Click Start. You should see the FAILED status and the "File not found" message:



WCS URL wss.//p11.flashphoner.com:8443
Stream vod://sample.mp4
Volume
Full Screen 3
FAILED Start
File not found
Call flow

Below is the call flow when using:

the Stream Recording example to publish the stream and record the file

recording.html

recording.js

the Player example to play the VOD stream

player.html

player.js



https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/stream_recording/recording.html
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/stream_recording/recording.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
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1. Establishing a connection to the server to publish and record the stream.

Flashphoner.createSession();code

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

1)

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

ConnectionStatusEvent ESTABLISHEDcode


https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/stream_recording/recording.js#L60
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/stream_recording/recording.js#L60

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

set St at us(session.status());
/I session connected, start playback
publ i shStrean(session);
}) . on( SESSI ON_STATUS. DI SCONNECTED, function(){

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

1)

3. Publishing the stream with recording enabled.

stream.publish();code

session. createStrean({
nane: streanmNane,
di splay: 1ocal Video,
record: true,
recei veVi deo: fal se,
recei veAudi o: fal se

}).p.uiol.ish();

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

StreamStatusEvent, status PUBLISHINGcode

session. createStrean({
nanme: streanNane,
di splay: 1ocal Vi deo,
record: true,
recei veVi deo: fal se,
recei veAudi o: fal se
}) . on( STREAM _STATUS. PUBLI SHI NG, function(strean) {
set Status(stream status());
onStarted(strean;
}) . on( STREAM _STATUS. UNPUBLI SHED, function(strean) {

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

}) . publ i sh();

5. Sending audio and video stream via WebRTC.
6. Stopping publishing the stream.

stream.stop();code

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

7. Receiving from the server an event confirming unpublishing of the stream.

StreamStatusEvent, status UNPUBLISHEDcode

function(session){


https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/stream_recording/recording.js#L76
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/stream_recording/recording.js#L76
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/stream_recording/recording.js#L21
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/stream_recording/recording.js#L76

session. creat eStreany{
nane: streanmNane,
di splay: |ocal Vi deo,
record: 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(stream {
set Status(stream status());
showDownl oadLi nk(stream get Recordinfo());
onSt opped() ;

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

}).p.uiol.ish();

8. Establishing a connection to the server to play the stream.

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

1)

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

ConnectionStatusEvent ESTABLISHEDcode

Fl ashphoner. creat eSessi on({url Server: wurl}).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(){

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

1)

10. Playing the stream.

stream.play();code

if (Flashphoner. get Medi aProvi ders()[0] === "MSE" && nseCut Byl FrameOnly) {
options. nedi aConnecti onConstraints = {
cut Byl FrameOnl y: nseCut Byl FraneOnly
}
}
if (resolution_for_wsplayer) {
options. playWdth = resol ution_for_wspl ayer. pl ayWdth;
options. pl ayHei ght = resol ution_for_wspl ayer. pl ayHei ght ;
} else if (resolution) {
options.playWdth = resolution.split("x")[0];
options. pl ayHei ght = resolution.split("x")[1];
}
stream = sessi on. creat eStrean{options).on( STREAM STATUS. PENDI NG, function(strean) {

1)

stream play();

11. Receiving from the server an event confirming successful playing of the stream.


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
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/player/player.js#L129

StreamStatusEvent, status PLAYINGcode

stream = sessi on. creat eStrean{options).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, function(strean){

1)

stream play();

12. Receiving of the audio-video stream via Websocket and playing it via WebRTC
13. Stopping publishing the stream.

stream.stop();code

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

14. Receiving from the server an event confirming successful stopping of the playback of the stream.
StreamStatusEvent, status STOPPEDcode
stream = sessi on. createStrean{options).on(STREAM STATUS. PENDI NG, function(streanm) {
}) . 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, function(streamn) {

1)

stream play();

VOD loop

VOD live translation supports VOD loop: after end of file, capturing starts from file begin. This feature is enabled with the following parameter inflashphone
r.propertiesfile

vod_| i ve_| oop=true

VOD capturing from AWS S3


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
https://github.com/flashphoner/flashphoner_client/blob/c306c1bbf49bfcbd8e24be927ae95f63b7dbaaba/examples/demo/streaming/player/player.js#L141
https://docs.flashphoner.com/display/WCS5EN/Settings+file+flashphoner.properties
https://docs.flashphoner.com/display/WCS5EN/Settings+file+flashphoner.properties

VOD stream can be captured from file placed to AWS S3 storage. Comparing with VOD capture from local disk, file from external storage is downloaded
and captured sequentally.

To capture VOD from AWS S8 file, specify a link to the vod file as a stream name when calling the session.createStream() function, as follows:

vod: // s3/ bucket/ sanpl e. np4

where

® bucket is S3 bucket name
® sample.mp4 is file name

Operation flowchart
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1. Browser requests VOD capture from AWS file
2. WCS server sends request to AWS
3. File is downloaded to WCS server

4. WebRTC stream from file is sending to browser for playback

Set up

To download files from AWS S3 bucket, S3 credentials must be set in flashphoner.propertiesfile


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

aws_s3_credenti al s=zone; | ogi n; hash

To capture stream from file while it is downloading, the following parameter should be set

vod_np4_cont ai ner _new=tr ue

File format requirements

Header section (moov) should always be before data section (mdat). File structure should be like this:

Atomftyp @O0 of size: 32, ends @32
Atom noov @ 32 of size: 357961, ends @ 357993

Atom free @357993 of size: 8, ends @ 358001
At om ndat @ 358001 of size: 212741950, ends @ 213099951

File structure can be checked withAtomicParsleyutility

Atomi cParsley file.nmp4 -T 1

Wrong file structure can be fixed if necessary with ffmpeg without reencoding

ffnpeg -i bad.np4 -acodec copy -vcodec copy -novflags +faststart good. np4

VOD capture management with REST API

REST query should be HTTP/HTTPS POST request as:

® HTTP:http://test.flashphoner.com:8081/rest-api/vod/startup
* HTTPS:https://test.flashphoner.com:8444/rest-api/vod/startup

Where:

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

8444 - standard HTTPS port

rest-api - mandatory part of URL
/vod/startup - REST method used

REST queries and responses

REST REST query example REST response example Response
query states
/vod 409 - Conflict

/startup {
"uri":"vod- 500 - Internal
l'ive://sanple. mp4", error
"| ocal St reanNanme":
"test"

}

Description

Capture VOD
stream from file


http://atomicparsley.sourceforge.net/

/vod/find
"l ocal St reanNanme":
"test"
}
/vod
/find_all
/vod
fterminate | {
"uri":"vod://sanple.
4",
"l ocal St reanNanme":
"test"
}
Parameters
Name Description
uri File name to capture

localStreamName Stream name

status Stream status

localMediaSessionld = Mediasession Id

hasAudio Stream has audio
hasVideo Stream has video
record Stream is recording

Known limits

200 - OK

{ 404 - not found
"l ocal Medi aSessi onl d": "29ec3236-1093-
42bb- 88d6- d4ac37af 3ac0",

"l ocal StreamNane": "test",

"uri": "vod-live://sanple. 4",
"status": "PROCESSED LOCAL",
"hasAudi 0": true,
"hasVi deo": true,
"record": false
}
]
[ 200 - OK
{ 404 - not found

"] ocal Medi aSessi onld": "29ec3236-1093-
42bb- 88d6- d4ac37af 3ac0",

"l ocal StreamNanme": "test",

"uri": "vod-live://sanple. mp4",

"status": "PROCESSED LOCAL",

"hasAudi 0": true,

"hasVi deo": true,

"record": false

}
]
200 - Stream is
stopped
404 - Stream
not found
Example

vod: // sanpl e. np4

test

PROCESSED_L OCAL

29ec3236- 1093- 42bb- 88d6- d4ac37af 3ac0O

true

true

fal se

Find VOD streams
by criteria

Find all VOD
streams

Stop VOD stream

/rest-api/vod/startup query can be used for VOD live translations creation only. However, find, find_all and terminate queries can be applied both to VOD

and VOD live translations.



VOD stream publishing timeout after all subscribers gone off

By default, VOD stream stays published on server during 30 seconds after last subscriber gone off, if file duration exceeds this interval. This timeout can
be changed with the following parameter

vod_stream ti neout =60000

In this case, VOD stream stays published during 60 seconds.

Known issues

1. AAC frames of type 0 are not supported by ffmpeg decoder and will be ignored while stream pulled playback

Symptoms: warnings in the client log:

10: 13: 06, 815 WARN AAC - Audi oProcessor-c6c22de8-al29-43b2- bf 67- 1f 433a814ba9 Dropping AAC frane that starts with
0, 119056e500

Solution:switch to FDK AAC decoder

use_fdk_aac=true

2. Files with B-frames can be played unsmoothly, with artifacts and freezes

Symptoms: periodic freezes and artifacts while playing VOD file, warnongs in the client log

09: 32: 31, 238 WARN 4Bi tstreanNornal i zer - RTMP-pool -10-thread-5 It is B-frane!

Solution: reencode this file to exclude B-frames, for example

ffnpeg -i bad.np4 -preset ultrafast -acodec copy -vcodec h264 -g 24 -bf 0 good. np4

3. When VOD is captured from a long-duration file, server process can terminate with Out of memory in case of exceeding maximum number of regions
of virtual memory (vm.max_map_count)

Symptoms: server process terminates; "Map failed" in server log and in error*.log

19: 30: 53, 277 ERROR Def aul t Mp4Sanpl eLi st - Thread-34 java.io.|OException: Map failed
at sun.nio.ch. Fi |l eChannel | npl . map( Fi | eChannel | npl . j ava: 940)
at com googl ecode. np4par ser. Fi | eDat aSour cel npl . map( Fi | eDat aSour cel npl . j ava: 62)
at com googl ecode. np4par ser. Basi cCont ai ner. get Byt eBuf f er (Basi cCont ai ner. j ava: 223)
at com googl ecode. np4par ser. aut hori ng. sanpl es. Def aul t Mp4Sanpl eLi st $Sanpl el npl . asByt eBuf f er
( Def aul t Mp4Sanpl eLi st . j ava: 204)
at com fl ashphoner. nedi a. F. A. A. A$1. A(Unknown Source)
at com fl ashphoner. nedi a. M B. C. D( Unknown Sour ce)
at com fl ashphoner. server. C. A B. A(Unknown Sour ce)
at com fl ashphoner. server. C. A B. C(Unknown Sour ce)
at java.lang. Thread. run(Thread. java: 748)
Caused by: java.lang. Qut Of MenoryError: Map failed
at sun.nio. ch. Fi l eChannel | npl . mapO( Nati ve Met hod)
at sun.nio. ch. Fil eChannel | npl . map(Fi | eChannel | npl . j ava: 937)
8 nore

Event: 1743.157 Thread 0x00007f c480375000 Exception <a 'javal/lang/ QutCf MenoryError': Map fail ed>
(0x00000000a1d750b0) thrown at [/HUDSON wor kspace/ 8- 2-buil d-1inux-and64/j dk8ul61/ 10277/ hot spot/src/share/ vm
/prims/jni.cpp, line 735]

Solution: increase maximum number of regions of virtual memory


https://docs.flashphoner.com/display/WCS5EN/WCS+Core+logs
https://docs.flashphoner.com/display/WCS5EN/WCS+Core+logs#WCSCorelogs-Serverlogs

sysctl -w vm max_nap_count =262144
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