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Tasks
Make sure R1 supports DSP resources so that 50% are dedicated to Voice and 50% are dedicated for
Video.
Register video conference bridges for HQ R1 Gateway so that the video conference bridge would work
when initiating video conference from HQ Phone 2.
Use CIF resolution, full frame-rate and bit rate 320 Kbps for video conferencing.
Test video conference call from HQ Phone 2 to Site C Phone 2 and then video conference to PSTN via IP
by dialing 88885555.

Configuration:  Click to collapse

HQ Publisher
Media Resources > Conference Bridge

Media Resources > Media Resource Group
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Media Resources > Media Resource Group List (On Existing MRGL-HQ Add the Media Resource
Group MRG-HQ-Video)

System > Device Pool (Assign the MRGL to the following Device Pools)

On R1 Gateway
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voice-card 0 

 voice-service dsp-reservation 50 

! 

dspfarm profile 3 conference video homogeneous 

 codec ilbc 

 codec g711ulaw 

 codec g711alaw 

 codec g729ar8 

 codec g729abr8 

 codec g729r8 

 codec g729br8 

 codec h264 cif frame-rate 30 bitrate 320kbps 

 maximum sessions 5 

 associate application SCCP 

! 

sccp ccm group 1 

 associate profile 3 register VideoConf 

! 

no sccp 

sccp 

On R3 Gateway

voice service voip 

 sip 

 asymmetric payload full 

 Note:
Make sure R2 Cube dial peers to 4... has dtmf sip-kpml or site C phone will not see video. 
Also you will not be able to call 4001 after putting pass-thru on R3.

Verification
Make a call from HQ Phone 1 first to Site C Phone 2 and then conference PSTN by dialing 88885555
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