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4.3.2.1
New Interface: Cr 

The protocol model with dedicated control channel requires a new MRFC interface, “Cr”.The 3GPP SA2 group would have to be consulted for the creation of this new interface.
Dedicated TCP/SCTP channels between the AS and MRFC flow over the Cr interface. Cr is using two types of TCP/SCTP channels: one dedicated for SIP control framework and the other for HTTP communication.
Media control packages are transmitted bi-directionality over the channels: either endpoint can send requests, responses and notifications depending on the package definitions.  

The establishment and management of these channels shall follow the SIP Control Framework: i.e. using SIP over the Mr interface to establish the channel, and to negotiate control package support.   
The Cr interface enables the MRFC to fetch documents (scripts and other resources) from an entity on the application plane. 

The entity can provide these documents either from local storage or generated at runtime. The entity may be an AS if the AS supports the protocol requirements below.  

The Cr interface’s use for fetching documents is asymmetrical:  fetch requests are only initiated by the MRFC – the application plane entity can only respond to requests. 

HTTP [8] is an asymmetrical protocol which is extensively deployed for document fetching. HTTP also provides a caching model which permits fetches optimization and can thereby reduce traffic on the network. For example, documents may be fetched only when they have expired in the local cache; and fetching can be configured so that documents are not fetched at all if there is an unexpired version in the local cache.    

The Cr interface shall support the HTTP [8] protocol (including full caching capabilities). Specifically, the MRFC shall support the HTTP client role and the application plane entity shall support the HTTP server role. The Cr interface should support HTTPS (where IMS network topology requires a secure connection is required). The Cr interface may support other protocols with an asymmetrical request-response model. 
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. Then MRFC establishes TCP connection to AS which is to be used for HTTP communnication. The same HTTP connection can be used to perform multiple HTTP requests.  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. 
6.2.1
VoiceXML
VoiceXML [5][6] is an XML scripting language for interactive media functionality. 

The language defines an extensive set of tags which cover output functionality (media files and speech synthesis), input (DTMF, speech recognition and recording), logic (if-then-else), data model (scoped variables), events (noinput, nomatch) as well as a well-defined dialog algorithm (FIA) which manages a flow of  input-output transactions. The language allows external resources – for example, DTMF or speech recognition grammars – to be specified in the VoiceXML document and fetched using the Sr or Cr interface.  Depending on the flow of the interaction, further VoiceXML documents can be fetched and control transferred to the fetched document. VoiceXML also allows data to be passed to the application plane entity when a VoiceXML document or resource is fetched. VoiceXML supports both simple and complex interactive media behavior. 

The current version, VoiceXML 2.0 [5], is W3C Recommendation (standard) which has extensive industry support and existing commercial deployments in the telecom sector. It is also supported by most IETF informational and working draft proposals (RFC420, draft-burke-vxml-01, MSML, MSCP, SIP Control Framework) for media interaction. W3C is also actively developing this standard with VoiceXML 2.1 [6] due out soon and VoiceXML 3.0 on the horizon. 

VoiceXML does have some issues which may need to be addressed in the MRFC context. Firstly, if interactive video capability is an MRF requirement, then VoiceXML 2.0 has no explicit support. However, as described in http://www.voicexmlreview.org/Mar2006/features/video_interactive_services.html, this can be largely addressed in the current version without compromising interoperability and VoiceXML 3.0 is expected to explicitly addressing it.   Secondly, VoiceXML has tags which allow the caller to be transferred (blind or bridged) to another telephone destination. This may be problematic if an MRF is not permitted to generate outbound calls. However, this feature of VoiceXML is optional and could be addressed by a VoiceXML profile for the MRFC use case. To overcome this limitation the MRFC may request the AS to initiate outbound calls or call transfers on its behalf. Finally, there may be cases where 3GPP wishes to extend VoiceXML with additional or different functionality. W3C have recognized this type of VoiceXML usage and VoiceXML 3.0 is expected to have a modularization framework which allows profiles, including a media server profile, and new languages to be defined.  

In summary, the key benefits of VoiceXML are that it is an existing, well-supported, international standard and provides the interactive media functionality required in an MRFC context. 
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