77 sip_custom.conf
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?? Outbound Routes
7?7 Inbound Routes
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?? /etc/asterisk/sip_custom.conf

[sip2sip]()
type=peer

canreinvite=no

nat=yes

qualify=yes

domain=sip2sip.info
fromdomain=sip2sip.info
outboundproxy=proxy.sipthor.net
fromuser=<sip_username>
defaultuser=<sip_username>
secret=<sip_pass>

insecure=invite
context=from-trunk

[sip2sip-0](sip2sip)
host=sip2sip.info

[sip2sip-1](sip2sip)
host=81.23.228.129

[sip2sip-2](sip2sip)
host=81.23.228.150

[sip2sip-3](sip2sip)
host=85.17.186.7

?? /etc/asterisk/sip_registrations_custom.conf

77 /etc/asterisk/sip_registrations_custom.conf

register=<sip_username>:<sip_pass>@sip2sip.info/<sip_username>
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?? Trunks
freePBX > Trunks >Add Custom Trunk >

+ Trunk Description: sip2sip_LB
+ Custom Dial String: SIP/sip2sip-0/$OUTNUMS$

?? Outbound Route
freePBX > Outbound Route >

* Route Name: sip2sip
« Dial Pattern: 014].
+ Trunk Sequence: SIP/sip2sip-0/$OUTNUM$

?? Inbound Route
freePBX > Inbound Routes >

+ Description: sip2sip
« DID Number: <sip_username>
+ Set Destination: <whatever you wanted>
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