Webitel Asterisk

asterisk (13) webitel. webitel 33 4. 4-  asterisk:

asterisk webitel:

1. SIP Webitel:

sip.conf

[webitel]
type=friend

host =dynam c

port =5080

user nanme=webi t el
secret =webi t el - secret - pss
di sal | ow=al |

al | ow=al aw

al | ow=ul aw
insecure=invite, port
canrei nvite=no
trustrpid=yes

sendr pi d=yes

cont ext =f rom webi t el

2.  Webitel asterisk:

extensions.conf

[fromwebitel]
exten => _X., 1, Di al (SI P/ ${ EXTEN})
exten => _X.,n, Hangup

3. webitel, public, 100100, SIP ,
webitel, 33 4:

extensions.conf

exten => _33XX, 1, SI PAddHeader ( X- Webi t el - To: ${ EXTEN})
exten => _33XX, 2, Di al (SI P/ webi tel/100100)
exten => _33XX, n, Hangup



4.  asterisk webitel :

5. default . 4- asterisk:
Number: ~(\d{4})$

default callflow

[
{
"ringback": {
"call": {
"nane": "$${ru-ring}",
"type": "tone"
b
"transfer": {
"name": "$${ru-ring}",
"type": "tone"
}
}
H
{
"recordSession": {
"action": "start",
"type": "mp3",
"stereo": false
}
},
{
"setVvar": [
"hangup_after_bridge=true"
]
b
{
"bridge": {
"codecs": [
" PCMA",
" POM!
1.
"endpoints": [
{
"type": "sipGateway",
"dial String": "&reg0.$1",
"nane": "asterisk",
"paraneters": [
"origination_caller_id_nunber=${call er_i d_nunber}"
]
}
]
}
I
{
"hangup": ""
}
]
6. public . 100100 SIP webitel.

Number: 100100



public callflow

{
ifr |
"expression": "${sip_h_X-Webitel -To}",
"then": [
{
"goto": "default: ${sip_h_X-Webitel-To}"
}
1.
"else": [
{
"hangup”: "1 NCOM NG _CALL_BARRED"
}
]
}
}
]
7.
@ Webitel. on-site  SIP.

Related articles

How to combine Webitel and 3CX numbering plans
Webitel 3CX
SIP 3CX Phone 6 Webitel on-demand
Webitel Asterisk
GSM OpenVox


https://docs.webitel.com/display/WKB/How+to+combine+Webitel+and+3CX+numbering+plans
https://docs.webitel.com/pages/viewpage.action?pageId=154476959
https://docs.webitel.com/pages/viewpage.action?pageId=13107220
https://docs.webitel.com/pages/viewpage.action?pageId=94044165
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