
1   ip host pbx1.sipt1.com 10.X.X.1
2   ip host siptrunking.bell.ca 10.X.X.100
3   
4   voice rtp send-recv
5   !
6   voice service voip
7    ip address trusted list
8     ipv4 10.X.0.0 255.255.0.0
9    address-hiding

10    mode border-element
11    allow-connections h323 to h323
12    allow-connections h323 to sip
13    allow-connections sip to h323
14    allow-connections sip to sip
15    redundancy
16    fax protocol t38 version 0 ls-redundancy 0 hs-redundancy 0 fallback pass-through 

g711ulaw
17    sip
18     registrar server
19     asserted-id pai
20     localhost dns:pbx1.sipt1.com
21     early-offer forced
22     midcall-signaling passthru
23     privacy-policy passthru
24     g729 annexb-all
25     no call service stop
26     block 183 sdp absent
27   !
28   voice class codec 1
29    codec preference 1 g711ulaw
30   
31   voice class sip-profiles 1000
32    request INVITE sip-header To modify "@.*>" "@siptrunking.bell.ca>"
33    request INVITE sip-header From modify "@.*>" "@cube.sipt.com>"
34    request INVITE sip-header P-Asserted-Identity modify "@.*>" "@cube.sipt.com>"
35    request INVITE sip-header Diversion modify "@.*>" "@siptrunking.bell.ca;user=phone>"
36    request INVITE sip-header Contact modify "@" 

";tgrp=hawkesbury_613-636-5555_01;trunk-context=siptrunking.bell.ca@"
37   !
38   
39   dial-peer voice 1 voip
40    description incoming dial peer
41    call-block translation-profile incoming call_block
42    call-block disconnect-cause incoming call-reject
43    session protocol sipv2
44    incoming called-number .
45    voice-class codec 1
46    voice-class sip block 183 sdp present
47    voice-class sip bind control source-interface GigabitEthernet0/1.52
48    voice-class sip bind media source-interface GigabitEthernet0/1.52
49    dtmf-relay rtp-nte
50    fax-relay ecm disable
51    fax-relay sg3-to-g3
52    fax protocol t38 version 0 ls-redundancy 0 hs-redundancy 0 fallback pass-through 

g711ulaw
53    no vad
54   !
55   
56   dial-peer voice 9 voip
57    description outgoing leg to Toronto SIP trunk
58    translation-profile outgoing remove9
59    destination-pattern 9T
60    progress_ind setup enable 3
61    session protocol sipv2
62    session target dns:siptrunking.bell.ca
63    voice-class codec 1
64    voice-class sip profiles 1000
65    voice-class sip block 183 sdp present
66    voice-class sip options-keepalive up-interval 20 down-interval 40 retry 6



67    voice-class sip bind control source-interface GigabitEthernet0/2.1222
68    voice-class sip bind media source-interface GigabitEthernet0/2.1222
69    dtmf-relay rtp-nte
70    fax-relay ecm disable
71    fax-relay sg3-to-g3
72    fax protocol t38 version 0 ls-redundancy 0 hs-redundancy 0 fallback pass-through 

g711ulaw
73    ip qos dscp cs5 signaling
74    no vad
75   !
76   !
77   sip-ua
78    no remote-party-id
79    retry invite 2
80    retry response 3
81    retry bye 3
82    retry prack 6
83    timers expires 60000
84    no transport tcp
85    registration spike 1000
86   


