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The UCM6XxXX supports HWeHWP K&r oMesheSroctketr d @girster to the U

wihbt henmoi nts in real Tthiime dwica meetltdRW @tsoc rsiebtesup an easy
connection through UCM6xxx webUI User Port al
Not ¥CMbExseries include UCM6100 series (UCM6102, UCM6 1

UCM6200 series (UCM6202, UCM6204 and UCM6208) and UCM6

#/ . &) "' 52) . " 9%"434/0# +Qn47
On tUCeiex x Wktphe user s cnoerefdiHglulrPess ahgdg Web Sotkett he web®TC
cl iteastteabl i sh connection with the UCM.
1. Log in UCM6xxx webRbRBXdaldadded ghea@itTiTPe & Web Socket
2. Sel ect the @&EmedKbeaxH TITder
3. EnterUGCGMel P adiHTelsPs Bi ndofAdedrele gs , 4 A.921 16 8.
4. Enter the pdHTTmM uBriboetih ¢ oxdréHf TaTUR tBi aids P8@n8t8e. conf i gur ed
the UCM6xXxxx wil!/l l'isten on HTTP connection through
5, I f the users would |Ilike to use TLS fiT&S &€amdilleinty pur

entemMm S eBi ndOAfd dir@ds sl P Address with9pot68né8ambdb2it4 e.
The default port number is 8445.

Settings Maintenance

PBX >> Value-added Features >> HTTP & WebSocket

HTTP & WebSocket
@ Enable HTTP: v
(@ HTTP Bind Address: 192.168.40.214
@ HTTP Bind Port: 8088
@ TLS Enable: v
@ TLS Bind Address: 192.168.40.214:8445
@ WebSocket Interface: ws://192.168.40.214:8088/ws
(@ Secure WebSocket Interface: wss://192.168.40.214:8445/w

Figur eHTTP & WebSocket
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6. Once the a
aut omatica
For exampl
WebSocket
Secure Web

7. Save and a

The foll owing

Enabl e HT

« OCRANDSTREAM

EQNN E BT EFNGE TTHEVE: W E RED

bove are confi gur edec utrhee WeebbSSoocckliedt tl
I'lTy filled up.

e:

Watkeklkri@a2zel68. 40. 214: 8088/ ws

Soc kvests : I/l t19r2f. dlcb6eB:. 40. 214: 8445/ ws
pply the change.

tabldesshows itome fdbet aillled he options

Enable it to allow WebRTC wuser (su

UCMB XXX Vvia HTTP.

HTTP Bind
Addr es s

Configure | P address ©GM6 HXoT Pbisned v
HTTP Bi nds Adatr eso 0. 0. 0. O ,wi il me an s

socket cemmrectglnHTTP Bind Port.

HTTP Bind

TLS Enabl

Configur ef odrhet peorHTTP serv
default, it is set to 8088.

grhaon bi m

Enablteo iaWé mRTC @UsechChasme orntoFisreef

regitsda e UCMBIXT¥®¥S, by default it is d

Configures$PfaddfLS servdro dr ntdhd ol

Bind Address seis ttohCde&wixl. 10, iidt ene a
connestth rootulgeh c o nFargtu.r eBRly def aul t , t
8445 .

TLS Bind

Addr ess Not e:
By det hel TLS Bind df@r6s6: 8445, whi

intes fwpiomat 8445usChiB BsPilnug t he s ame

To

avoid conflict, please manage di-

WebSocket TLS and CRReABRb|I @dS featu

I ndi cates WebRITIC|] URé whad t o cohhER

WebSocket WebSocket I nterface i s associated v
InterfaceFor exampl e, i f HTTP Bind Address
WebSocket I nterface wil/l be ws:// 1¢

I ndicates secur ewWd RUCe ddRtLo t @ n e c

Secur e HTTPSecure WebSocket I nterface i s a

WebSocket

I nterface For exampl e, i f TLS Bind Address
WebSocket I nterface wil/l be wss:/ /1

8 Chetkhe WITMP & WebSocket status wusing the fol

FOHTT:P
http:// UCM

| P ADDRESS: PORT/ httpstatus

UCM_I P_ADD

RESS shou& dl PeaddORd&s ¥CMber i s the

i HTTP BirdaBoPoexamplpe// 192.168.40.214: 8088

V- S

) Pagle
UCMB XXX WebRTC Demo Gui de

Ilreteerrff

i n

| owi

same

HT

ng

a S


http://UCM_IP_ADDRESS:PORT/httpstatus
http://192.168.40.214:8088/
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I f TLS is enabled, use the following link instead:
https://TLS BIND ADDRESS/ httpstatus

TLS Bl ND_ADDRESShe hnamha o ddbSi gumed Addr examp!| e,
https://192.168.40.214:8445

A warning prompt wil/| pop up for you to confirm th
Asterisk infdiwepliagedwi | | be

Pl ease note: 6XSxHncasiUrCMi gréd certificate, the WebRTC c
dropped by browser by default unless the user confirms

Asterisk™ HTTP Status

Server Asterisk/13.4.0
Prefix

Bind Address 192.168.40.214
Bind Port 8088

SSL Bind Port 8445

Cookie ‘jumpMenu' sip_webrte.html
Cookie 'locale’ en-US

Cookie ltr
'localeDirection’

Cookie 'position’  home

Cookie first login' no

Cookie

'is_strong_ password' 0

Cookie 'role’ privilege 0

%7B%22upgrade®22%3A1%2C%22backup®e22%3A1%2C%22backup network%22%3A1%2C%22auto_cleaner*
email%22%3A1%2C%22webserver%22%3A1%2C%22smtp_settings%22%3A1%2C%?22datetime%22%3A1%2C¢
Cookie ‘user_id' 0

Cookie 'username’ admin

Cookie "html’

Cookie 'session-
identify’
Cookie "TRACKID' c96ceal3034321f88fcb324a5a207002

sid1985282665-1484355500

Asterisk and Digium are registered trademarks of Digium, Inc.

Fig®r eHTTP & WebSocket Status

%. ! ", ). RBY%22A8684%. 3) /

Bef ore using the ddmd ,int heCMswkegerbmFaCd ftoo emalsl e xWensi o
1. Log in UCM6xxx webPBIXBasdch Lai-gEaxReswuntsa so n s

Select the extensi ofmedtodreelst and open tab

Sel ecadhdadlebin afbdre WebRWC Support

WD

Save and apply the setting.

Paglé
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https://tls_bind_address/httpstatus
https://192.168.40.214:8445/
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Edit Extension: 1000 X

Basic Settings Media Features Specific Time -

Simultaneously:
Menitor privilege control

(@ Allowed to call-barging:

Available Extensions Selected Extensions
1000 - -
1001 @
@
©
®
Other Settings
@ Ring Timeout: (@ Auto Record:
@ Skip Trunk Auth: No v (@ Dial Trunk Password:
(@ Support Hot-desking Mode: (@ Enable LDAP: v
(@ Enable WebRTC Support: v ® Music On Hold : default v
(@ Enable Seamless Transfer: @ call Duration Limit:

@ Custom Callinfo for Auto
Answer:

Fi gBreEnabl e WebRTC Support

5. Check the elxB>»Basion/ danl-bPE XRoeunts@ soqes. The above exten:
have its terminnxalP({R®HB). shown as

Manage Extensions

(@ Extension: @ CallerlD Name: Show All Extensions

Mosiy Selcied Extarsions ] Dot Seieted Exensions [} Bach Add Extnsons |
Email To User EUSELICIY

View: 30
Status Extension (&) CallerlD Name Terminal Typ IP and Port Email Status Options
1000 SIP(WeoRT = To Be Sent
1001 sSIP - To Be Sent

Total 2 Show:11 Goto:| |
Fi gur eExtension with WebRTC Enabl ed

53)." 53%2 01 24!, $%

1. On thexW®db IlUdg in user portal with the extension n

access undewe WEGHBXBa c/ Cal-*PERioutest ensi on. Pl ease

Pl ease note the user password for the extension to
S i
your UCM admin for the user passevorpmporftoal your exten

. Pagl#b
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Edit Extension: 1000 X

; GRANDSTREAN

Basic Settings Media Features Specific Time

General
(@ Extension: 1000 @ callerld Number:
Basic/Call Routes @ Permission: Internal v (D SIPIAX Password: e 9]
@ AuthiD: (D Enable Voicemail: v
@ Skip Voicemail Password
@ Voicemail F’assword*: """" 9 Verification:

(@ Disable This Extension:

User Settings
@ First Name: @ Last Name:
@ Email Address: I @ User Password = "
@ Language: Default v (@ Concurrent Registrations: 1

(@ Mobile Phone Number:

Fi gwbr eExtension User Portal Password

2. I n tulse r port alVamhaedbd e dl FeaWabRBCWebRTC settings W |
automatically filled up with the previously configu

Pl ease matkhee spuarseswor d i s the one used t WWNerbeSpicktedr t h
Server URL i sofasn: /t/hle9 2f.olr6nBa.t4 0 wB 51 I BOBBB wd 0. 211fd4: 8445,
TLS is .enabl ed

User Portal >> Value-added Features >> WebRTC

WebRTC

Need Registration
@ Account Name: 1000
@ Extension : 1000
@ Public Identity - sip:1000@192.168.40.214
@ Password:  |eeeseee
@® WebSocket Server URL - Ws://192.168.40.214:8088/ws

Fi gwbreUPer +&lal-audeded FeatRergaster

3. CliciRegmnabtuert on on the above picture. The connected

. Pagle
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User Portal

User Portal >> Value-added Features >> WebRTC O

WebRTC

Need Registration

& YHORRITC Connected

@ Account Name: 1000

@ Extension : 1000

@ Public Identity - sip:1000@192.168.40.214
@® Password*: -------

® WebSocket Server URL*: wss://192.168.40.214:8445/ws

Unregister
Call Control

Fi gwr eUser >Fad-aueeded Fe&bonested

4, Now he usaenr smake tchae lusemomportal. Ent er fAluadowmu mber t
Vi doeal | . Call control opteonhbeaceael hl 69 astabhbsked

User Portal

User Portal >> Value-added Features >> WebRTC

NETU Reyisuauvin

Connected
@ Account Name: 1000
® Extension : 1000
AU IC @ Public Identity*: sip:1000@192.168.40.214
@ Password: e
@ WebSocket Server URL*; wss://192.168.40.214:8445/ws
Unregister
Call Control
Video enabled

@ Dial Number:

Fi gwBr eDi al Number

P a g |8
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User Portal

User Portal >> Value-added Features >> WebRTC

. . Password *Z """"
Basic Information @

@ WebSocket Server URL*: wss://192.168.40.214:8445/ws
f
Value-added Features s
- WebRTC Call Control
In Call
(® Dial Number: 1001
Mute Hold Transfer KeyPad
FigwreCall Control
Not e:

T 1t is recommebhtedTtL8 for HTTP & WebSocket because

security restrictions to use HTTP for webRTC

2 %& %2 %. # %3

Users could find reference in below website, which i nc!|

http:// www. doubango. org/ sipml 5/

1. Open the above fEnplbyaondrocli ol demo

World's first HTML5 SIP client

This is the world's first open source (BSD license) HTML5 SIP client entirely written in javascript for integration in social networks
(FaceBook, Twitter, Google+), online games, e-commerce websites, email signatures... No extension, plugin or gateway is needed.
The media stack rely on WebRTC.

The client can be used to connect to any SIP or IMS network from your preferred browser to make and receive audio/video calls
and instant messages.

Enjoy our live demo »

Fi guroe Cl i fiEknjory our ol i ve demo

2. ClicExprer tdo.mode

. Paglo
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http://www.doubango.org/sipml5/
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Registration
Display Name: e.g. John Doe
Private Identity’: e.g. +33600000000
Public Identity": e.g. sip:+33600000000@doubango.org
Password:
Realm’: e.g. doubango.org
s
" Mandatory Field

Need SIP account?

Expert mode?

Fi gurl€l i c RExomer t 0 mode

3. Enter the WebSocket Server URL to theFisspatmeHTaREe& as S
WebSocke€Cl iMB&kwe n

Pagllo
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