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Tasks

+ Configure HQ Unity Connection to support required codecs for voice messaging.

* Ensure voicemail between HQ/Site B/Site C works and users are able to leave voicemail and check their
respective voice messages.

* When users leave voicemail at Site C CUE make sure Caller ID is being played when listening to
voicemail.
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R2 - CUBE

-

dial-peer voice 3000 voip
dtmf-relay rtp-nte sip-kpml
!

dial-peer voice 2300 voip
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!
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dial-peer voice 3201 voip
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dial-peer voice 3202 voip
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!

dial-peer voice 4000 voip
dtmf-relay rtp-nte sip-kpml
1

dial-peer voice 4001 voip

dtmf-relay rtp-nte sip-kpml

Verification

Test calls between sites HQ/SiteB/SiteC and leave voicemail at each sites.
Check voicemail from the respective site extensions.
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