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Introduction:

Section 4.3.3 of 24.880 introduces the use of netann (RFC 4240) for media server control.
This is a contribution which describes netann in more detail together with its relevance for media server control, advantages and inconveniences.
Proposal:

It is proposed that the information provided below is agreed and transferred to 3GPP TR 24.880.
6
Relevant Specifications

6.4
Informational RFC’s 
6.4.1 RFC 4240 (‘netann’)
RFC 4240 [3] (also known as ‘netann’) provides a mechanism for invocation of basic media services on the MRFC using SIP. RFC 4240 defines three services:
1. Announcement: play a media resource to the SIP connection
2. Dialog: invoke a VoiceXML dialog to the SIP connection  
3. Conferencing: join the SIP connection to a simple conference 
A service is invoked by means of the SIP INVITE Request-URI: the user part indicates the service, and additional URI parameters can be specified to configure the service. If the MRFC supports the service, and the service parameters are acceptable, the service is initiated when the ACK message is received and continues until a BYE message is sent or received. If the MRFC does not support the service, or there is a problem with the parameters or resource, the MRFC returns the appropriate SIP error status codes.
The announcement service is invoked by a Request-URI with user portion “annc” and URI parameters controlling the content and delivery of the announcement, including the mandatory parameter “play” indicating the resource to play. For example, 


sip: annc@mrfc.example.com;play=http://asexample.com/welcome.wav
If the resource “http://as.example.com/welcome.wav” cannot be found or retrieved, error codes are returned. Otherwise, the resource is played to completion and then a BYE is returned.

The dialog service is invoked with a Request-URI with user portion “dialog” and URI parameters controlling the content and delivery of the dialog, including the mandatory parameter “voicexml” indicating the VoiceXML script to execute. 
For example, 

sip: dialog@mrfc.example.com;play=http://vxml.example.com/promptandcollect.vxml
Again, error codes are returned if the script cannot be found. Otherwise, the VoiceXML script at http://vxml.example.com/promptandcollect.vxml is executed. 
The conference service is invoked with a Request-URI with the user part “conf-<uniqueid>” where ‘uniqueid” identifies a unique conference mixing session. For example, 

sip: conf-id100@mrfc.example.com
If the conference session identified by the URI “conf-id100@mrfc.example.com” does not exist on the media server but conferencing resources are available, then the MRFC creates a new mixing session and the SIP UE is joined to the conference. If a conference already exists, then the UE is joined to the conference mix. A UE leaves the conference by issuing a BYE on its SIP dialog. A conference session exists as long as there is at least one SIP dialog joined to the conference.    
RFC4240 is well accepted in the industry due to the simplicity of how these media services are identified and invoked. 
This simplicity, however, requires RFC4020 to be augmented with other specifications to attain desired MRFC functionality, especially for conferencing and IVR.  Media languages like MSCML, MSML and MSCP go beyond RFC420 in order to provide advanced conferencing services which support explicit conference setup, etc.  Moreover, its description of the VoiceXML dialog service is incomplete: the current description is insufficient for interoperable implementations. In particular, the VoiceXML dialog service needs to address issues such as how Request-URI parameter data is mapped into VoiceXML, how data can be sent to the AS mid-call, how media support is achieved and how VoiceXML’s (optional) outbound calling functionality is addressed.  The draft-burke specification [4] builds on RFC420 to address these issues (see Section 6.5.1).  



