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FreePBX (Trixbox)  

configuration 

for GoAndCall.com VoIP services. 

 

 

(GoAndCall.com VoIP services are provided by  

XeloQ Communications  -  for more information look at 

http://www.xeloq.eu  ) 
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Go to Tools -> Module admin and enable modules you need. ‘Core’ module is required, everything 

else is optional. 

 

Sample Screenshot: 
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Than you need to add SIP trunk at the Setup -> Trunks -> Add SIP Trunk. 

Outbound Caller ID: 7XXXXX 

Trunk Name: goandcall (or anything else what you like) 

Peer details:  
allow=g729&g723.1 

canreinvite=no 

disallow=all 

host=sip.goandcall.com 

type=peer 

username=7XXXXX 

secret=YourPassword 

 

If you plan to use inbound calling, you need to add Register String: 

 7XXXXX:YourPassword@sip.goandcall.com 

 

Sample Screenshot: 
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After this you need to add Outbound route under Setup -> Outbound Routes: 

 

Route Name: pstn (or anything else) 

Dialing Patterns:  
  00. 

Trunk Sequence: 
  SIP/goandcall 

 

 



 5 

You also need to configure each your extension to allow G.729 or G.723 codec by adding: 

Allow: g729&g723.1 

to each extension configuration under Setup -> Extension -> Name of your Extension (right side): 

 


