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Relevant Specifications

6.1
Introduction

The present section lists existing standards, RFC’s or published specifications relevant to the study of media server control protocols together with a brief description of the work and its relevance.

6.3
RFC’s

6.4
Informational RFC’s

6.4.2 RFC 4722 (‘MSCML’)
Media Server Control Markup Language (MSCML) is a markup language used in conjunction with SIP to provide advanced conferencing and  interactive voice response (IVR) functions.  MSCML presents an application-level control model, as contrasted to device-level control models.
The RFC describes the Media Server Control Markup Language (MSCML) and its usage.  It describes payloads that one can send to a media server using standard SIP INVITE and INFO methods and the capabilities these payloads implement.  It builds on the RFC 4240 [3] use of media  server SIP URI formats.

Prior to MSCML, there was not a standard way to deliver SIP-based enhanced conferencing.  Basic SIP constructs, such as those described in RFC 4240 [3], serve simple n-way conferencing well.  The SIP URI provides a natural mechanism for identifying a specific SIP conference, while INVITE and BYE methods elegantly implement conference join and leave semantics.  However, enhanced conferencing applications also require features such as sizing and resizing, in-conference IVR operations (e.g., recording and playing participant names to the full conference), and conference event reporting.  MSCML payloads within standard SIP methods realize these features.

The structure and approach of MSCML satisfy the requirements set out in RFC 4353 [19].  In particular, MSCML serves as the interface between the conference server or focus and a centralized conference mixer.  In this case, a media server has the role of the conference mixer.

There are two broad classes of MSCML functionality.  The first class includes primitives for advanced conferencing, such as conference configuration, participant leg manipulation, and conference event reporting.  The second class comprises primitives for interactive voice response (IVR).  These include collecting DTMF digits and  playing and recording multimedia content.  
 MSCML fills the need for IVR and conference control with requests and responses over a SIP transport.  VoiceXML [5,6] fills the need for IVR with requests and responses over a HTTP transport.  This enables developers to use whatever model fits their needs best.

In general, a media server offers services to SIP UACs, such as Application Servers, Feature Servers, and Media Gateway Controllers.  See the IPCC Reference Architecture [12] for definitions of these terms.  It is unlikely, but not prohibited, for end-user SIP UACs to have a direct signaling relationship with a media server.  The term "client" is used in this document to refer generically to an entity  that interacts with the media server using SIP and MSCML.

The media server can potentially fulfill the role of the Media Resource Function (MRF) in the IP Multimedia Subsystem (IMS) as described by 3GPP.  MSCML and RFC 4240 [3], upon which MSCML builds, are specifically    focused on the Media resource (Mr) interface which supports interactions between application logic and the MRF.

RFC 4722 describes a working framework and protocol with which there is considerable implementation experience.  Application developers and service providers have created several MSCML-based services since the availability of the initial version in 2001.  This experience is highly relevant to the ongoing work of the IETF, particularly the SIP, SIPPING , MMUSIC, and XCON work groups, the IMS work in 3GPP, and the CCXML [7] work  in the Voice Browser Work Group of the W3C.
It is critically important to emphasize that the goal of MSCML is to provide an application interface that follows the SIP, HTTP, and XML development paradigm to foster easier and more rapid application  deployment.  This goal is reflected in MSCML in two ways.  
 First, the programming model is that of peer to peer rather than master-slave.  Importantly, this allows the media server to be used simultaneously for multiple applications rather than be tied to a  single point of control.  It also enables standard SIP mechanisms to be used for media server location and load balancing.  Second, MSCML defines constructs and primitives that are meaningful at the application level to ensure that programmers are not distracted by unnecessary complexity.  For example, the mixing resource operates on constructs such as conferences and call participants rather than directly on individual media streams.

The MSCML paradigm is important to the developer community, in that developers and operators conceptually write applications about calls, conferences, and call legs.  For the majority of developers and  applications this approach significantly simplifies and speeds development.  
As mentioned above, MSCML payloads may be carried in either SIP INVITE or INFO requests.  The initial INVITE, which creates an enhanced conference, MAY include an MSCML payload.  A subsequent INVITE to the same Request-URI joins a participant leg to the conference.  This INVITE MAY include an MSCML payload.  The initial INVITE that establishes an IVR session MUST NOT include an MSCML payload.  The client sends all mid-call MSCML payloads for conferencing and IVR via SIP INFO requests.

SIP INVITE requests that contain both MSCML and Session Description Protocol (SDP) body parts are used frequently in conferencing scenarios.  Therefore, the media server MUST support message bodies with the MIME type "multipart/mixed" in SIP INVITE requests.  The media server transports MSCML responses in the final response to    the SIP INVITE containing the matching MSCML request or in a SIP INFO message.  The only allowable final response to a SIP INFO containing a message body is a 200 OK, per RFC 2976 [20].  Therefore, if the client sends the MSCML request via SIP INFO, the media server responds with the MSCML response in a separate INFO request.  In general, these responses are asynchronous in nature and require a separate transaction due to timing considerations.

There has been considerable debate on the use of the SIP INFO method for any purpose.  The authors’ experience is that MSCML would not have been possible without it.  At the time the first MSCML specification was published, the first SIP Event Notification draft had just been submitted as an individual submission.  At that time, there was no   mechanism to link SUBSCRIBE/NOTIFY to an existing dialog.  This prevented its use in MSCML, since all events occurred in an INVITE-established dialog.  And while SUBSCRIBE/NOTIFY was well suited for reporting conference events, its semantics seemed inappropriate for modifying a participant leg or conference setting where the only "event" was the success or failure of the request.  Lastly, since SIP  INFO was an established RFC, most SIP stack implementations supported it at that time.  There have been few, if any, interoperability issues as a result.

In order to guarantee interoperability with this specification, as well as with SIP User Agents that are unaware of MSCML, SIP UACs that wish to use MSCML services MUST specify a service indicator that supports MSCML in the initial INVITE.  RFC 4240 [2] defines the  service indicator "conf", which MUST be used for MSCML conferencing applications.  The service indicator "ivr" MUST be used for MSCML interactive voice response applications.  In this specification, only "conf" and "ivr" are described.

The media server MUST support moving the call between services through sending the media server a BYE on the existing dialog and establishing a new dialog with an INVITE to the desired service.  Media servers SHOULD support moving between services without requiring modification of the previously established SDP parameters.  This is achieved by sending a re-INVITE on the existing dialog in which the Request-URI is modified to specify the new service desired by the client.  This eliminates the need for the client to send an INVITE to the caller or gateway to establish new SDP parameters.  
The media server, as a SIP UAS, MUST respond appropriately to an INVITE that contains an MSCML body.  If MSCML is not supported, the media server MUST generate a 415 final response and include a list of the supported content types in the response per RFC 3261 [4].  The media server MUST also advertise its support of MSCML in responses to OPTIONS requests, by including "application/mediaservercontrol+xml" as a supported content type in an Accept header.  This alleviates the major issues with using INFO for the transport of application data; namely, the User Agent's proper interpretation of what is, by design, an opaque message request.
7
Requirements for a media server control protocol

7.1
Introduction

The present section lists the requirements identified by the conclusion of the studies in the previous sections along with other identified requirements for a media server control protocol.

7.2

Multimedia services’ media control requirements

7.2.1
Mid-Call XML Control

Some types of media processing require mid-call control between the AS and MRFC.  These types of media processing support functions such as:

· advanced conferencing where the intelligence is in the AS and the AS passes commands asynchronously to the MRFC during the session

· IVR where the intelligence is in the AS and the AS passes commands asynchronously to the MRFC during the session

Mr needs to support an XML-based mid-call control scheme in order to provide support for this type of media processing.  The XML can be carried in SIP INFO and/or in a long-lived, SIP-negotiated TCP/IP control channel.  This type of SIP AS-MRFC interaction is well accepted in the industry. 

RFC 4722 is an example of such a protocol.   This informational RFC specifies the Media Server Control Markup Language (MSCML).    The protocol uses concepts of Mid-Call XML support at its heart.   More details on how RFC 4722 can  be used for mid-call control are provided earlier in this document (see section 6.4.2).
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