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VoIP to VoIP Call Diversion 
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 Pots peer configuration. 
! 
dial-peer voice 0 pots 
    destination-pattern 2000 
     port 0/0 
     e1-fault-diversion 0 
 
Call Diversions configuration. 
     call-diversion 0 
     cfu e164 1800 
 
dial-peer voice 10000 voip 
    destination-pattern 1800 
    session target ip 172.16.9.11 
    session protocol sip 
    no vad 
    dtmf-relay rtp-2833 
 

 172.16.9.11 

LAN 

2000 

When the E1 link for the path to 
extension 2000 is disconnected and 

there is a call to extension 2000, 
 

 AP1850 translates the call(Called 
number 2000) to 1800, and this call 

will be forwarded to 172.16.9.11 
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SIP Signal Flow in E1 Fault State 
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VoIP(SIP) Call Diversion Configuration(1/2) 

- Enable E1 Fault Call Diversion . 

- Diversion Tag Identifier. 

 

-Configure IP Phone’s number 
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VoIP(SIP) Call Diversion Configuration(2/2) 

- IP Phones are configured in ‘static route’ with same phone number. 


