
Our scenario :

· Ad hoc terminals 1, 2 and 3 have Digium boards and SW Asterisk ;

· All ad hoc terminals have access to SIP server via terminal 1 ;

· Terminals must be registered at SIP server, in order to do that, Asterisk must be configured ;

·  When an ad hoc terminal originates a call, the SIP server routes the call to the destination , i.e., another ad hoc terminal 

Questions :

1 – Do we need to configure each sip.conf file at each terminal with all terminal´s numbers of the network?


2 – Do we have to configure a proxy server to Asterisk in order to route the calls? The SIP server that we are using seems to be a proxy, register and router server.


3 – In the extensions file is there any mode to configure a call without explicit reference to the called terminal number, for example, a configuration that allows to call any terminal number registered at  SIP server? 


We succeeded to do terminal registration at SIP server but calls are not being routed. In the sip.conf file we are using the command register -> 1111@192.168.60.95 (register terminal’s username 1111 at server).
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