Asterisk GU,

77

o Asterisk GUI for Asterisk 1.8

. ? .: .: .: .: .: .: .: .: .:
? DD-WRT ?77?27777777 77 IP PBX-ASUS WL-520GU 77777
77
Et_] Logot |
H_
Please cick on @ parsl 15
X o+ Trumks & 1-1 ¢ Conference Rooms i1
Siatun Tk b Uagrara N
- Pas i1
Fotyitimnl el ", bl e g ’ "glu - e er——
Foggraeredd GEme  wp TTATaMTE Erany T wpphore com = H = Sl | B b
% Exiensions 11
o= | T O @ Fae @ R @ Buny @ Unfaisbls | g System Infe i
L w03 1A T L Heayinama:
- Bl [ L 5 L D0=VET
[ W oo L. P L
A L ) L] EIS DE-WAT 2 437 #75% e 0ot 30
T fam [T g — ot ) __‘ ol
P - o G4 MM CEST MM wipe ONE/Lisus
=" Extermion ausgred ([Hal by Harmen Dwactory Aminrisk Bild:
_— 11 Anterisks1 4 27,8
o Qorune ¥ Asterisk GOI-versioe ©  SVE-branch-3 d-rd¥%L
St Diate & Thewas e v
Sam Moy B L0 MCAY PR MoEd
WD LE wp ! dep. 30031 0 weers
Losd Avewage: © 02, 0.0k 0oE
oy DSl P, et g pd dadered ey regaiered badesaciy of P, A gt Belecved Leow! nSroeton

12?2 SIP Trunk
? iptel.org 7?
UI > Trunks > VOIP Trunks > New SIP/IAX Trunk

Type: SIP

Context Naming: Assigned by Asterisk GUI
Provider Name: iptel

Hostname: iptel.org

Username: <sip_username>

Password: <sip_password>
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insecure: very

Asterisk GUI

Provider Name (@- iptel
Hostname @- iptel.org

Usemname @: osslabsupport

Password : -

CalleriD @-

FromDomain:
FromUser:
AuthUser:
insecure:  very [v|
Outbound Prosxgy:
Enable Remate MWI- []

S Cancel | M save |

Codecs: First : Second : Third :
Fourth : | G728 vl Fifth : | Mone |v|

Edit SIP trunk trunk_1 X
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Ul > Outgoing Calling Rules > New Calling Rule

Calling Rule Name: iptel
Pattern: _013

Send this call through trunk:
-> Use Trunk: iptel

-> Strip: 3

-> and Prepend these digits: ??

Asterisk GUI

Edit Calling Rule X

Calling Rule Name @ - iptel

Pattern @ - _013.

— [ Send to Local Destination (D

Destination - |

— Send this call through trunk:

Use Trunk (D

and Prepend these digits 0]

Strip @ 3 digits from front
before dialing

— [ Use FailOver Trunk @ :

fail aver Trunk @

and Prepend these digits 0]

Strip @ digits from front
before dialing

& Cancel | Save |

3.? Dial Plan

Ul > Dial Plans > New Dialplan

DialPlan Name: internal
Include Outgoing Calling: iptel
Include Local Contexts: ??



Asterisk GUI

7?
include outgoing calling 7??? Trunk?

Edit DialPlan

DialPlan Mame: internal

Include Outgoing Calling

[v]iptel izmo out
Rules: P g -

Include Local Contexts: [¥|default [¥]parkedcalls [¥]conferences [¥lringgroups [¥lvoicemenus [¥]que
page_an_extension

S Cancel | Fl save |

4277?

UI > Users > Create New User

CallerID Name: ?2?2(??)
DialPlan: internal
Technology:

-> SIP

VoIP Settings:

-> NAT, Password
2722727772277

7?7
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Edit User Extension - 6000 X

— General :
Extension: 6000 @ callerlD Name- alang-pap?2 ® DialPlan- 0]
Internal CallerlD: 6000 @ CallerlD Mumber: @

— [ Enable Voicemail for this User @

VoiceMail Access PIMN code: @ Email Address: @
— Technology
Fsip @ Oiax @ Analeg Station: ® flash @: ndlash @-

Codec Preference - First : Second : Third : Fourth | Nens vl Fifth ;| Mone vl

— WolP Settings

MAC Address : @ Line Number - @ Linekeys: @ siPnaX Password:
@
NAT: ¥ @ Can Reinvite: [] @ DTMF Mode: @ insecure: no [v] @

— Other Options

3-Way Calling {analog) 0] [ In Directary 0] Call Waiting (analog) @
[ ADA User @ [ Is Agent 0] Pickup Group:

& Cancel | F Update |

5.2? Inbound Route
UI > Incoming Calling Rules > New Incoming Rule

Trunk: iptel

Time Interval: None
Pattern: s
Destination: 777?

Tips:

?? Linux ??)

#>cd /usr/src/
#>svn co http://svn.digium.com/svn/asterisk-gui/branches/2.0 asterisk-gui



Asterisk GUI

#>cd asterisk-gui
#>sh configure && make && make install

7? Embedded System ??)

1. 7? DD-WRT ?7?
2. 7772/722777772

Asterisk 7?7 - /opt/etc/asterisk
Asterisk GUI - /opt/var/lib/asterisk
Asterisk Sound - /opt/var/lib/asterisk

#>cd /opt/var/lib/asterisk
#>mv scripts scripts_bak
#>mv static-http static-http_bak

7777 >

#>cd /mnt

#>tar -xzf astgui20_build-r4991_ddwrt_by_20091122.tar.gz
#>cd astgui20_build-r4991_ddwrt_by_20091122

#>cp -R scripts static-http /opt/var/lib/asterisk

77 Asterisk 7?

......

777? Asterisk ?7?
Asterisk#1)
Host IP =192.168.1.1
Extension = 1XXX

Asterisk#2)
Host IP =192.168.1.2
Extension = 2XXX

UI > Options > Advanced Options > Show Advanced Options

2. 77 1AX trunk
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Ul > File Editor > iax.conf > Add Context > ?? ast-2-interconnect????

type=friend
host=192.168.1.2
trunk=yes

disallow=all

allow=ulaw

qualify=yes
context=default-ast1
peercontext=default-ast2

3. 7? Outbound Route
Ul > File Editor > extensions.conf > Add Context > ?? trunk_out????

exten=_016.,1, Macro(trunkdial IAX2/ast-2-interconnect/${EXTEN:3})

UI > Options > Advanced Options > Show Advanced Options

2. 7?7 IAX trunk
Ul > File Editor > iax.conf > Add Context > ?? ast-1-interconnect????

type=friend
host=192.168.1.1
trunk=yes

disallow=all

allow=ulaw

qualify=yes
context=default-ast2
peercontext=default-ast1

3. 7? Outbound Route
Ul > File Editor > extensions.conf > Add Context > ?? trunk_out????

exten=_016.,1, Macro(trunkdial IAX2/ast-1-interconnect/${EXTEN:3})

Q&A

Asterisk GUI



A: 7? [etc/http.conf

bindaddr = 0.0.0.0

bindport = 80

prefix =

enablestatic = yes

redirect = / /static/config/index.html

77

>asterisk -rx "http show status"

HTTP Server Status:
Prefix:
Server Enabled and Bound to 0.0.0.0:80

Enabled URI's:

/httpstatus => Asterisk HTTP General Status

/phoneprov/... => Asterisk HTTP Phone Provisioning Tool

/amanager => HTML Manager Event Interface w/Digest authentication
/arawman => Raw HTTP Manager Event Interface w/Digest authentication
/manager => HTML Manager Event Interface

/rawman => Raw HTTP Manager Event Interface

/static/... => Asterisk HTTP Static Delivery

/amxml => XML Manager Event Interface w/Digest authentication

/mxml => XML Manager Event Interface

Enabled Redirects:
/ => [static/config/index.html

A??? config/js/session.js

log: true, /**&lt; boolean toggling logging */

» Developing for the Asterisk GUI

Asterisk GUI
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