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Recontribution to SA2

This contribution was discussed on Feb. 16, 2004 in Atlanta in the CN4 WG.  The WG decided that it should be dealt with in SA2.
Summary

This contribution proposes that SIP, together with certain opaque extensions and restrictions defined below, be allowed as an alternative to H.248 for the Mp interface.  (H.248 would continue to be allowed.)

This contribution also proposes that the opaque extensions introduced for the Mp interface also be allowed for the ISC and Mr interfaces.  (Their use would be optional.)

Note:  The "ISC" interface that is discussed here is a subset of the actual ISC reference point, and only includes the MRF related functions.

Lexicon

AS
Application Server

S-CSCF
Serving Call State Control Function

MRFC
Multimedia Resource Function Controller

MRFP
Multimedia Resource Function Processor

ISC interface
AS to S-CSCF

Mr interface
S-CSCF to MRFC

Mp interface
MRFC to MRFP

The relevant diagram from TS 23.228:
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Figure 4.5a: Architecture of MRF

Drivers

There are two drivers for the changes proposed here:

Problem #1: Need for SIP Mp interface

The independent physical MRFPs available today mostly have a SIP or MGCP control interface, not H.248.  H.248 generally appears on the control interface of physical MRFPs only where those MRFPs are provided by the same vendor as the rest of the IMS.  Most importantly, in wireline networks carriers overall have expressed a strong preference for SIP as the control interface for physical MRFPs.

It can be expected that this carrier preference for SIP MRFPs will continue in the wireless space.  Since insuring multi-vendor interop is of central importance to the 3GPP effort, this means that standardizing SIP for the Mp interface is at least as important as standardizing H.248 for the interface.

Problem #2: Need for richer interaction between AS and MRFC

The current IMS architecture has not yet addressed a key issue for enhanced services: how does an AS control the rich capabilities of the MRFP?  If this issue is not resolved, the set of multimedia RTP based services that can be offered by the IMS will be severely limited.

The problem is that the Mr and ISC interfaces are currently specified only as standard SIP, which is not able to support a rich request/response/notification interaction between the AS and MRFC.  Some way must be found to carry this rich interaction within the SIP signaling already present on the ISC and Mr interfaces.

Proposal Overview

The solution to both of these problems can be found in the SIP interface that is already widely used in the wireline space for MRFPs.  This control interface makes use of a few opaque extensions -- e.g., a Request-URI syntax, XML in message bodies -- and a few opaque restrictions -- e.g., the MRFP never generating INVITEs.  

("Opaque" means that the changes are just a way of using SIP, and do not modify its operation as specified in the existing IETF RFCs and Drafts.)

Since the wireline and wireless MRFPs are conceptually identical, the wireline SIP MRFP control interface can be used unchanged for 3GPP, to give it rich MRFP control.  And a subset of this interface, just the opaque extensions, can be applied to the existing 3GPP ISC and Mr interfaces, to provide rich AS to MRFC interaction.

The next two sections deal separately with the Mp and ISC/Mr interfaces since they are slightly different.

Mp interface

The P is a slave device, meaning that its actions are controlled by an external entity, the AS, and it does not make independent decisions, other than decisions that have been delegated to it by the AS.

This is true even for the SIP control interface, despite the fact that SIP is a peer-to-peer protocol.  This section describes how standard SIP is modified using opaque changes to create the SIP used for the Mp interface.

Note that an MRFP is controlled using 3PCC.  This means that its SIP control leg is not a SIP network signaling connection tandemed through a SIP proxy, and that the MRFP is not receiving network signaling SIP.

Here are the opaque changes proposed to SIP for use for the Mp interface:

Opaque restrictions: SIP protocol components NOT used for Mp (not a complete list):
· MRFP does not send INVITEs (except when driven by SIP Session Timer) -- it is a passive device waiting for instructions

· MRFP outgoing requests must not be forked or redirected -- because MRFP is not involved in network signaling

· MRFP cannot be target of REFER -- because MRFP is not involved in network signaling

· SIP Early Media is not used -- because MRFP is not involved in network signaling

· SIP Diversion Extension is not used-- because MRFP is not involved in network signaling

· SIP Privacy Extension is not used -- because MRFP is not involved in network signaling

SIP protocol components used for Mp (not a complete list):
· SIP INFO (optional) -- for use by MSML/MOML

Opaque extensions to standard SIP used for Mp:

· Netann (draft-burger-sipping-netann-xx):

· a defined syntax for Request-URI

· allows playing of announcements, creation and control of basic conferences, and invocation of and interaction with VoiceXML

· See Reference [NETANN]

· MSML (draft-melanchuk-sipping-msml-xx) and MOML (draft-melanchuk-sipping-moml-xx):

· a defined syntax for Request-URI and a defined syntax for XML message bodies carried in INVITE and/or INFO requests and responses

· allows rich control of all multimedia RTP processing functions in an MRFP; the Drafts currently describe audio processing functions only but will be extended in the future to include video

· See References [MSML] and [MOML]

Netann provides a certain level of MRFP control while MSML/MOML provides a more powerful level of control.  Netann and MSML/MOML can be used together or just one of the two can be used, based on the needs of each service requiring multimedia RTP processing.

There are the other protocols that complement SIP for use for Mp:

· SDP

· VoiceXML (optional)

· invoked by Netann or MSML

· the <transfer> element is not used -- this is for call control, and is therefore not appropriate for an MRFP

· HTTP (optional)

· used for interactions between a VoiceXML context in an MRFP and an HTTP server

The use of these is described by SIP, Netann, and MSML/MOML.

Mr and ISC Interfaces

The proposed Mr and ISC interfaces are as described in the existing 3GPP architecture, that is, SIP network signaling interfaces, but with the addition of some of the opaque Mp interface changes:

· SIP INFO (optional) -- for use by MSML/MOML

· Netann -- as described above for Mp

· MSML/MOML -- as described above for Mp

The opaque restrictions described for the Mp interface mostly do not apply to the ISC and Mr interfaces.

With the changes proposed to the ISC and Mr interfaces, the rich interactions between the MRFC and MRFP can be carried through the S-CSCF to/from the AS, so that the AS has full control of the MRFP's capabilities.

Divisibility

The Mp and Mr/ISC interface changes proposed here do not have to be used together, i.e., this proposal is not "all or nothing":

· The opaque extensions described above for the ISC/Mr interface (Netann, MSML, MOML) can be used even where H.248 is used for the Mp interface.

· The opaque extensions described above for the ISC/Mr interface (Netann, MSML, MOML) can be used even if the proposed changes to the Mp interface are rejected.

Problem #2 would be resolved by both of these configurations.

Final comments

It is important to note that this proposal:

· does not change the role of the MRFP: it is still a slave function;

· does not change the relationship between the MRFC and the MRFP: it is still master and slave;

· does not propose any mandatory changes: the changes to the Mp, Mr, and ISC interfaces would all be optional and are alternatives to the existing definitions;

· does not disallow the use of H.248 for the Mp interface: SIP and H.248 would be alternatives.

Appendix A - Typical Examples of Wireline MRFP Capabilities

· playing audio files (e.g., announcements, prompts, messages)

· recording audio files (e.g., messages)

· DTMF detection

· automatic speech recognition (ASR)

· text-to-speech (TTS)

· interactive voice response (IVR) (e.g., VoiceXML)

· simple, unfeatured conference mixing (e.g., 3WC, 6WC)

· featured conference mixing, including loudest speaker notification, gain control, muting, playing announcements (e.g., business conferencing, event conferencing)

· playing video files (e.g., announcements, prompts, messages)

· recording video files (e.g., messages)

· video interactive voice response (IVR)

· video conference mixing (e.g., voice activated switching, quad split)

· transcoding (between different codecs or rates, both audio and video)

· multi-unicast (replicating the audio payload of RTP, e.g., for Push-to-Talk)
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