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 Note:
Video capabilities are only on HQ Phone 2

Tasks
The VoIP Service provider has enabled a SIP trunk at 11.11.11.4 which is the Backbone.
Create a route pattern for 88885555, make sure you originate your SIP request from R1's loopback
interface with IP address 11.11.11.1
Make sure 85022XXX is sent to the remote destination as the calling number where 2XXX is the 4 digit
internal extensions number.
The VOIP Service provider has been configured to use only iLBC audio codec. Use iLBC as the preferred
audio codec for HQ Phones.
Ensure R1 Gateway does a pass-through for any codec coming from HQ CUCM.

Configuration:  Click to collapse

Device > Phone (Navigate to the SIP Video Phone)

System > Region > Audio Codec Preference List
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System > Region > Region Configuration

Device > Device Pool
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Device > Trunk (Select SIP Trunk)

Call Routing > Route/Hunt > Route Pattern
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R1 - Gateway
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voice service voip 

 no ip address trusted authenticate 

 allow-connections sip to sip 

 sip 

  bind control source-interface loopback 0 

  bind media source-interface loopback 0 

! 

dial-peer voice 88885555 voip 

 destination-pattern ^88885555$ 

 session protocol sipv2 

 session target ipv4:11.11.11.4 

 voice-class sip pass-thru content sdp 

 dtmf-relay rtp-nte sip-kpml 

! 

dial-peer voice 88885556 voip 

 session protocol sipv2 

 incoming called-number 88885555 

 voice-class sip pass-thru content sdp 

 dtmf-relay rtp-nte sip-kpml 

Verification
From HQ Phone 2 place a call to PSTN Phone 
Dial = 88885555

Show call active video brief.

This section breaks the prevous section, SRST & MGCP Fallback for HQ Site
(http://labs.ine.com/workbook/view/ccie-collaboration/task/srst-mgcp-fallback-for-hq-site-
MzA0NQ%3D%3D). SRST Mode SIP Phones will not register as you changed the bind control and
bind media to loopback 0.

To make SRST and this section work:

1. Go to CUCM and change STST Reference to 11.11.11.1
2. On R1 Gateway Change call-manager-fallback to have source address as 11.11.11.1
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