HTML

E H55STREAM

linkingvison



RMEE

- -
- ¢ €
RTSP/RTMP
7H s @ 2
— HLS
L !
MP4 AVI 3214 —_ —p — i@_ﬁ&ﬂ@\ - ==p \WEBSOCKET e a
o —
b = WEBRTC ™1
H5STREAM
- =
Onvifs WEBSOCKET/WEBRTC SKFBHTML5 &
BRI SERA LEHIE 1R LAR
SEER A LUAZ40027)
PR RER N
TR R RSB AT
=8

REEED



H5STREAM

H5STREAM

-
p

H5STREAM

N e e = - ——

r=Li

S~



RESTFUL #=[]

R

Login
Logout

Keepalive

B A

GetSrc
Getlmage
AddSrcFile
AddSrcRTSP

AddSrcONVIF
DelSrc
Ptz

ONVIF

OnvifSearch

OnvifProbe

FIFFIRER

Record

Snapshot
Search



JAVASCRIPT #[]

WEBSOCKET WEBRTC RTMP HLS
H5sPlayerWs H5sPlayerRTC VideoJS H5sPlayerHls
/** /**
* Interface with h5s websocket player API * Interface with h5s WebRTC player API www/rtmp.html /¥
* @constructor * @constructor * Interface with h5s websocket player API
*/ * @param {string} videoId - id of the : @constructor
video element tag /
) * / function H5sPlayerHls(conf)
function HssPlayerwWs(conf) function H5sPlayerRTC(conf) H5sPlayerHls.prototype.connect

H5sPlayerHls.prototype.disconnect
H5sPlayerWS.prototype.connect

) H5sPlayerRTC.prototype.connect
H5sPlayerWS.prototype.disconnect

H5sPlayerRTC.prototype.disconnect

/**
@param
var conf = {
videoid: 'h5sVideol', //{string} - id of the video element tag
videodom: h5svideodoml, //{object} - video dom. if there has videoid, just use the videoid
protocol: window.location.protocol, // {string} - http: or https:
host: window.location.host, //{string} - localhost:8080
rootpath:window.location.pathname, // {string} - path of the app running
token: 'tokenl', // {string} - token of stream
hlsver:'vl’, //{string} - v1 is for ts, v2 is for fmp4
session:'cl782caf-b670-42d8-ba90-2244doboee83"' //{string} - session got from login
*/
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http://localhost:8080/ws.html?token=token1&autoplay=1
http://localhost:8080/rtc.html?token=token1&autoplay=1

http://localhost:8080/rtmp.html?token=token2
http://localhost:8080/hls.html?token=token?2

Websocket | WebRTC e s

ws.html rtc.html rtmp.html hls.html

Chrome support this http://localhost:8080/rtc.html?token=token1&autoplay=1
but when change to websocket, chrome does't allow
Uncaught (in promise) DOMException: play() failed because the user didn't interact with the document

first. https://goo.gl/xX8pDD


http://localhost:8080/ws.html?token=token1&autoplay=1
http://localhost:8080/rtc.html?token=token1&autoplay=1
http://localhost:8080/rtmp.html?token=token2
http://localhost:8080/hls.html?token=token2
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HTTP HTTP HTTPS RG22 AL B

RTSP RTSP R 5523BC &, SSL X3 RTSP over TCP/TLS
RTMP RTMPAR 23 BC &, SSL X3 RTMP over TCP/TLS
FLV FLVAR 28 EC &, SSL X3k FLV over HTTPS

HLS HISARF=sicE, BIAHLSIRA KR S HECE
WEBRTC WEBRTC FC. &

SYSTEM HSstreamRGECE, BIAASMEENEE
USER AR EEEE

SOURCE WIERLE, B353X{F RTSP/RTMP/ONVIF
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hSstream M5.4FR3HFAAC 530, S2MidiTZHIKVISIONRIRILZIRSH.
}A6.0 FFi&, h5stream $$433G711/PCM 3T TEEMBRMAACLUES IS

1 EREX RIS otrbases Tanin 2305, ..
asswdEncryptComment": "Password Encrypted",

"bPasswdEncrypt": false,
"bEnableAudioComment": "Enable Audio",
"bEnableAudio": true
"nConnectTypeComment": "H5 ONDEMAND/HS5 ALWAYS/HS5 AUTO",
"nConnectType": "H5 AUTO",
"nRTSPTypeComment": "RTSP Connect protocol H5 RTSP TCP/HS5
"nRTSPType": "H5 RTSP AUTO",
"strSrclpAddressComment": "Ip Address for the device",
"strSrcIpAddress": "192.168.100.173",

2 IBRLERIEINRESREIVEZNIIAAC
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