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Introduction:.
The burke draft describes a SIP interface to a media server supporting VoiceXML.

This is a contribution which describes the burke internet draft 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

6.5
Internet-drafts
6.5.1 SIP Interface to VoiceXML Media Services (‘draft-burke’)
The Internet Draft entitled “SIP Interface to VoiceXML Media Services” [4] (also known as ‘draft-burke’) provides a detailed specification of how VoiceXML 2.0/2.1 media services are invoked using SIP.  The specification is currently in the IETF RFC Editors’ queue and is expected to become an Informational RFC shortly. 
The specification leverages the Request-URI mechanism in RFC4240 [3] for identifying dialog media services: the user part is fixed as ‘dialog’ and a ‘voicexml’ parameter identifies the URI of the initial document to fetch. Other parameters include HTTP control parameters (e.g. document caching and method) and user-defined data parameters (see below). The Request-URI can be used in SIP INVITE and REFER messages to initiate a VoiceXML session; for example, 

sip: dialog@ms.example.com; voicexml=http://as.example.com/promptandcollect.vxml; maxage=3600; maxstale=0;
The specification details the relationship between SIP signaling and VoiceXML session invocation and termination, error behavior and handling special character in parameters. Detailed signaling and media information about the connection are made available to invoked VoiceXML session through its ‘session.connection’ object. The VoiceXML script can then access basic to/from/redirect and request-uri information as well as SIP INVITE/REFER headers and SDP information (including type, direction and format of each negotiated media stream).  
Draft-burke pays special attention to many area of the relationship between SIP and VoiceXML including passing data to/from the AS, media support and outbound calling. 
Firstly, data interaction between the AS and VoiceXML session can occur at invocation, mid-call and at termination. The AS specifies data to be injected into the VoiceXML session using user-defined parameters on the initial Request-URI. This data is then exposed in the VoiceXML script allowing the AS to configure specific VoiceXML behavior. For example, if the AS sends an INVITE with the Request-URI 

sip: dialog@ms.example.com; voicexml=http://as.example.com/promptandcollect.vxml; prompt=http://as.example.com/prompt1.wav; iterations=10; max-digits=5
then this information can be accessed in the VoiceXML script so the audio prompt can be specified as 

<audio expr=”session.connection.protocol.sip.requesturi[‘prompt’]”/>

where the expression evaluates to http://as.example.com/prompt1.wav. Similarly, information about the number of attempts to collect input, and the size of the input, can also be set dynamically in the script.
Data collected by the VoiceXML script can be returned to the AS mid-call using HTTP methods. In VoiceXML 2.0, this can be achieved using the <submit> or <subdialog> elements. In VoiceXML 2.1, data can be efficiently sent to the AS using the <script> or <data> elements; in return, the AS can pass new data back to the VoiceXML application. For example, to return the digits collected in a prompt and collect script, 
<field name=”digits”>
  <filled>

    <data name=”newdata” src=”http://as.example.com” namelist=”digits”/>
  </filled>
</field>
Where the digits collected from user are send to the AS at “http://as.example.com” and in return the AS sends an XML document identified as “newdata”. The VoiceXML script could then access this new data and its behavior affected; for example, the data could instruct the VoiceXML script to terminate or continue collecting digits. 
Data can also be returned to the AS at the end of the session using SIP or HTTP methods. When data is specified in the namelist of VoiceXML <exit> or <disconnect> elements, the session is terminated and namelist data is returned to the AS in the body of a SIP BYE (or 200 response). Alternatively, data can be returned using the mid-call methods above before it terminates the call or, when the call is terminated by an incoming BYE, during ‘post-disconnect’ final processing described in VoiceXML.   
Secondly, draft-burke address media support including dialog preparation, early media and codec support. When the initial INVITE establishes a media-less SIP dialog, the VoiceXML session is prepared (initial document fetched, etc) but not executed until a re-INVITE establishes a media session.   The VoiceXML MRFC may also support early media by sending a 183 Session Progress provisional response to the initial INVITE. On media codecs, a VoiceXML MRFC must support codecs and RTP formats which correspond to those mandated in the VoiceXML 2.0/2.1 (G.711 alaw/mulaw); other codecs may be supported. If video is supported by the VoiceXML MFRC, then it must support H.263 baseline and should support AMR. 

Finally, outbound calling is an optional feature of VoiceXML 2.0/2.1 which draft-burke addresses by specifying how the various types of call transfer must be addressed. For ‘blind’ transfer (caller is transfer away from the MRFC to a new destination), a REFER message is sent on the original SIP dialog.  For ‘bridge’ transfer (caller is connected to a new callee but the MRFC still receives the caller’s media streams), the VoiceXML MRFC establishes a new outbound SIP dialog with a callee and then connects its media streams with the original caller’s. Consultation transfer – conceptually similar to blind transfer but the caller isn’t dropped if the transfer attempt is unsuccessful – is implemented similar to ‘bridge’ transfer except that the INVITE contains a Replaces header so as to replace the connection between the caller and MRFC with a connection between the caller and the callee.   Note that the specification states the AS should insert its own URI into Record-Route header of the initial INVITE so that it remains in the signaling path when outbound calls are initiated by the MRFC. 
The clear benefit of draft-burke is that it addresses limitations in RFC4240 with respect to the functionality and interoperability of the VoiceXML dialog service. It does so by explicitly specifying how VoiceXML and SIP interact, including many error cases. It also clearly specifies various methods for the AS to send data to the VoiceXML session and for the VoiceXML session to return data to the AS. This enables the AS and MRFC to exchange data not just at service invocation, but throughout the lifecycle of the media session. Finally, it also details how VoiceXML’s optional transfer capability can be treated, assuming an MRFC is able to initiate outbound calls. If an MRFC is not able to initiate outbound calls, then its approach on this topic is not viable. Instead, either the VoiceXML MRFC requests the AS (or CSCF) to generate outbound calls; or VoiceXML transfer capability is not supported in its 3GPP profile.



