                GoIP connect to Asterisk How to

1. Asterisk Extension Settings:
        Asterisk extension can use a fix ip and a dynamic as a Extension or as a Trunk.
   So we can add a asterisk Extension first. Edit your asterisk sip.conf file

   to add a extension like this: 

For example, I set Asterisk PBX ip address is 192.168.1.1,and GoIP ip address is 192.168.1.100.

         Use Dynamic IP setting:   
[999]

context=default

type=friend

secret=1234

host=dynamic
dtmfmode=rfc2833
canreinvite=no


  Use Fix IP setting:

[999]

context=default
type=friend
host=192.168.2.7
port=5060
insecure=port,invite

dtmfmode=rfc2833
canreinvite=no
insecure=port,invite
         Now, we add a 999 extesion. Save your config and reload your asterisk.
2. GoIP Settings:

        Goip can register to asterisk and as a Trunk never need to register asterisk.

  If your asterisk extension setting host=dynamic, Goip need to register to asterisk.

               GoIP Register Mode Setting:
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GoIP Trunk Mode Setting:
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3. Asterisk Dialplan Setting

      Edie your asterisk config file extension.conf. For example, I add the prifix 1 dialplan,

Dial the PSTN number 13800138000 direct.

         [default]
         exten => _1.,1,Dial(SIP/999/${EXTEN})
       Save your config and Reload your asterisk, and make a call to 13800138000, you can see the asterisk cli debug like this.

         Called 999/13800138000 
         SIP/999 answered
       Test done.

