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Introduction:
This contribution provides some examples illustrating media server control using the delegation model and protocol with dedicated control channel models.
Proposal:

It is proposed that the information provided below is agreed and transferred to 3GPP TR 24.880.
4
Media server control protocol study items
4.3
Choice of the transport channel for media server control
4.3.1
Delegation model

4.3.1.1
New Interface: Sr
4.3.1.2 Example
The diagram in Figure 4.3.1.2.1 shows a simple delegation case where the MRFC uses a VoiceXML script to prompt the user for digits and return them to the AS. 

Note that the SIP signaling between the CSCF and the AS, and between the CSCF and the UE, has been omitted for the sake of clarity.
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Figure 4.3.1.2.1: Delegation Model with simple prompt and collect call flow 

In step 2, the MRFC extracts the VoiceXML script URI from the SIP INVITE Request-URI. See Section 4.3.1 for examples of Request-URI’s.
In steps 5 and 6, the MRFC fetches the VoiceXML document  from the AS using HTTP over the Sr interface. These steps would be repeated if additional resources were required; for example, prompt files. Note that these steps could be eliminated if the VoiceXML document and resources were already cached on the MRFC. 
Once the RTP channel is established, the MRFC executes the VoiceXML script playing any prompts and waiting for digits from the user. Once the digits are collected, the MRFC terminates the SIP dialog in step 11 and return the collected digits in the SIP BYE body.  Alternatively, the MRFC could have sent the result to the AS using HTTP over the Sr interface. 
4.3.1.3
 Properties

4.3.2
Protocol model with dedicated control channel

4.3.2.1
New Interface: Cr 
4.3.2.2 Example
The diagram in Figure 4.3.2.2.1 shows a simple TCP control channel case where the MRFC uses a VoiceXML script to prompt the user for digits and return them to the AS. 

Note that the SIP signaling between the CSCF and the AS, and between the CSCF and the UE, has been omitted for the sake of clarity.
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Figure 4.3.2.2.1: TCP Control Channel Model with simple prompt and collect call flow 

In steps 1-3, the AS and MRFC establish a TCP control channel over the Cr interface. The same control channel can be used to control multiple calls. 

During the UE call setup, the AS instructs the MRFC to prepare a VoiceXML dialog at step 8. In steps 9 and 10, the MRFC fetches the VoiceXML document from the AS using HTTP over the Cr interface. These steps would be repeated if additional resources were required; for example, prompt files. Note that these steps could be eliminated if the VoiceXML document and resources were already cached on the MRFC.  Once the script and resources are prepared, the MRFC sends a prepared response to the AS over the Cr control channel in step 11. 
Once the RTP channel is established, the AS instructs the MRFC in step 16 to start executing the VoiceXML script: the MRFC plays any prompts and waits for digits from the user. Once the digits are collected, the MRFC returns the result to the AS in an exit event at step 18.  The AS then terminates the SIP dialogs with the MRFC and UE in steps 19-22. Note that instead of terminating the call, the AS could have instructed the MRFC over the Cr/TCP channel to start another dialog, add the user to a conference, etc. 
4.3.2.2
 Properties
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