Installasi dan Konfigurasi Asterisk GUI
Aktifkan Interface Web

Edit /etc/asterisk/http.conf

# nano /etc/asterisk/http.conf

Pastikan

enabled=yes
enablestatic=yes
bindaddr=0.0.0.0
bindport = 8088

; bindaddr=127.0.0.1

Akses ke Web Lihat Status HTTP Server Asterisk

http://127.0.0.1:8088/asterisk/httpstatus

Instalasi Asterisk GUI

Siapkan Ubuntu untuk meng-compile

# apt-get install kernel-package libncurses5-dev fakeroot wget bzip2 g++
libssl-dev

Download asterisk-gui dari SVN

# apt-get install subversion
# cd /usr/local/src/

# svn checkout http://svn.digium.com/svn/asterisk-gui/trunk asterisk-gui

Semua file dari svn server digium di letakan di asterisk-gui

# cd /usr/local/src/asterisk-gui
# ./configure

# make
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# make install

# make checkconfig
Edit /etc/asterisk/manager.conf, melalui
nano /etc/asterisk/manager.conf

pastikan,

enabled = yes

webenabled = yes

Ulangi checkconfig jika di perlukan
# make checkconfig

Copykan ke folder static-http

# cp -Rf /usr/local/src/asterisk-gui/* /usr/share/asterisk/static-http/

# chown -Rf www-data.www-data /usr/share/asterisk/static-http/

Konfigirasi Manager.conf
Edit /etc/asterisk/manager.conf, melalui

# nano /etc/asterisk/manager.conf
Isi, kira-kira sebagai berikut,

[admin]

secret = mysecret9632

read = system,call, log,verbose, command, agent,config

write = system,call, log,verbose, command, agent, config

Mengaktifkan Video Call

Edit /etc/asterisk/sip.conf, melalui

# /etc/asterisk/sip.conf
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Mengaktifkan Video Call
;videosupport=yes

Rubah menjadi
Videosupport=yes
Akses Asterisk GUI

Sebelum melakukan akses ke Asterisk GUI ada baiknya mengakses ke

http://IP Address:5038/asterisk/static/config/setup/install.html

Asterisk GUI harusnya dapat di akses di

http://IP Address:8088/asterisk/static/config/cfgbasic.html
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Penggunaan Aseterisk GUI (Digium)

Setting options supaya kita bisa membuat nomor acak
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Membuat User pada asterisk GUI (Digium)

Deleted User - 1003
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Klik Apply Changes setiap melakukan perubahan
@ o App pgout

User Extensions on PBX
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