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Introduction

The details of the MRFC interface with the AS (via the S-CSCF) are currently described as FFS.  If the details for the basic operations are not defined, then only proprietary solutions will be available in Rel-5.  This paper outlines an approach to define this interface.  Separate contributions will suggest the specific changes to 3GPP TS 24.229.

Discussion

The following issues need to be resolved for the AS interface to the MRFC (via the S-CSCF) to request services and to discover MRFC capabilities.  There is an assumption to reuse as much standard SIP and SDP as possible.

1. Will the AS always direct requests to a specific MRFC or will the AS be allowed to specify a generic MRFC that must be resolved by the S-CSCF?

The former will always be needed because of the subsequent requests and may also be the only initial method.  The latter should be considered as an optional function of the S-CSCF, where the AS will either know it can try this ahead of time or learn about it through trial and error.

2. How will the AS/S-CSCF discover MRFC and its capabilities?

There are several choices including configuration (static and HSS stored), IETF discovery protocols and the OPTIONS method within SIP.  Only the OPTIONS method would be described within 24.229.  The OPTIONS request may need to be sent to the MRFC from both the AS and S-CSCF.  However, the S-CSCF would only need to do this if it supported the generic MRFC option.  The other part of the discussion is whether an AS may need to send an OPTIONS request to an MGCF within a dialog to be able to attempt some optimization cases for conferencing or tones/announcements.

3. What mechanism will the AS use to specify requested services? (e.g. SIP URI parameters, SIP headers or XML message body)

The choices of mechanisms have the following characteristics.  

· The SIP URI parameters (or standard SIP headers) would be the most efficient and perhaps could be the most common with generic solutions in the long term.  However, it requires strict IETF standardization, which may not happen in time for Rel-5, and will leave no room for 3GPP specifics.  

· The P-header option would allow more flexibility in passing 3GPP specific data in a header, which is presumably more efficient than using a message body.  Although the details would be included in an informational IETF document, it appears that the IETF SIP group would still exert some control over what could be defined and would need to approve any changes too (similar concerns on whether it can be accomplished in Rel-5 timeframe).

· The XML message body is the most flexible option for 3GPP to have complete control over the content.  But there is some concern over performance, size of message.  Both this and the P-header option also may hinder future commonality with other solutions.

This paper covers four areas related to the MRFC interface with the AS (via the S-CSCF).

1. Basic call scenario support for tones, announcements, transcoding, and conference calls. This includes a description of how to pass instructions for the requested function using XML within the message body.

2. Using the OPTIONS request to return MRFC (and MGCF) capabilities to the AS. There is also a mention of the MRFC discovery options.

3. Optimising the signalling when tones/announcements are needed for existing session that it is using and MRFP (or MGW), assuming that the same MRFP (or MGW) gets used for playing the tone/announcement.

4. Option of having AS send request using a generic MRFC request URI.  

The following diagram illustrates the signalling paths from the AS to the MRFC for call scenarios and for requesting MRFC capability information. For any given call scenario, one of the AS entities may be in communication with one of the S-CSCF entities to get to one of the MRFC entities.  In many cases the AS is a SIP UA; it may also be a SIP proxy.  The MRFC is a SIP UA. The S-CSCF is a SIP proxy and can be viewed as an outbound proxy for the AS.
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Figure 1: AS signalling paths to MRFC

The following sub-sections further describe each of the four areas to consider.

Call scenarios to request resources and invoke capabilities

Refer to 23.218 for possible call scenarios for tones/announcements, transcoding and ad hoc conferences where the AS is a B2BUA.

Tones

Tones are defined in Packages in H.248/MEGACO. H.248/MEGACO defines base packages that can be extended. Packages are identified with Package Name and Package ID, and they are registered with IANA. It is also possible to specify files to use from a server to play a tone.

For tone generation packages, tones are defined as individual signal. The general attributes for signals are: Signal Name, Signal ID (tone id), Type (Brief, TimeOut, OnOFF), and Duration (Provisioned, Not Audible, etc.). There are also optional Additional Parameters defined for signals, such as Tone Direction (which is defined by Parameter ID, Type (enum, ...), Values (external, internal, both), and Default).

For requesting to play a tone at MRFC/MRFP, it should be sufficient for the AS to indicate Package ID, Signal Name and/or Signal ID, and values for additional parameters when applicable.  Alternatively, a file name may be specified.

Table 1. Summary of Tone Packages for H.248/MEGAGO

	Origin
	Package Name
	Package ID
	Descriptions
	

	H.248/MEGACO

Base Packages
	Tone Generator
	tonegen (0x0003)
	- defines signals to generate audio tones.

- MGs are expected to be provisioned with the characteristics of appropriate tones for the country in which the MG is located.
	

	
	Tone Detection
	tonedet (0x0004)
	- defines events for audio tone detection. 

- Tones are selected by name (tone id)
	

	
	Basic DTMF Generator
	dg (0x0005)
	- defines the basic DTMF tones as signals 

- extends the allowed values of parameter tl of playtone in tonegen. No additional pameters.
	

	
	DTMF detection 
	dd (0x0006)
	- defines the basic DTMF tones detection. 

- extends the possible values of tone id in the "start tone detected" "end tone detected" and "long tone detected" events
	

	
	Call Progress Tones Generator
	cg (0x0007)
	- defines the basic call progress tones as signals, e.g. dial tone, ringing tone, busy tone, congestion tone, payphone recognition tone, call waiting tone, caller waiting tone. No additional parameters.

 - extends the allowed values of the tl parameter of playtone in tonegen
	

	
	Call Progress Tones Detection
	cd (0x0008)
	defines the basic call progress detection tones
	

	
	Analog Line Supervision
	al (0x0009)
	defines events and signals for an analog line

e.g. onhook, offhook, flashhook
	

	
	
	
	
	

	draft-boyle-megaco-tonepkgs-07

“Supplemental Tones Packages for Megaco/H.248”


	Conferencing Tones Generation
	conftn (0x0038)
	defines conferencing signals, e.g.

Conference Entrance Tone

Conf. Exit Tone

Conf. Lock Tone

Conf. Unlock Tone

Time Limit Warning Tone


	

	
	Diagnostic Tones Generation
	test (0x0039)
	defines diagnostic signals for use by telephony providers, e.g.

Low Tone, High Tone, Loud Tone, Faint Tone, Slow Interrupted Tone, Fast Interrupted Tone
	

	
	Carrier Tones Generation
	carr (0x003a)
	defines signals for use by carrier services, e.g., Carrier Dial Tone, Carrier Answer Tone, Carrier Charging Tone, Long Distance Ind. Tone
	

	
	
	
	
	

	draft-bothwell-megaco-mftonepkgs-03

“MF Tone Generation and Detection Packages”


	Multi-Frequency Tone Generation
	mfg (0x003d)
	- defines the basic MF tones as signals and 

- extends the allowed values of parameter t1 of playtone in tonegen.

Signals defined:

MF signal code 0, code 1, …
	

	
	Multi-Frequency Tone Detection
	mfd (0x003e)
	defines the events required for basic MF tone detection
	

	
	
	
	
	

	ITU-T Q.1950

(for CBC)
	Basic Call Progress Tones Generator with Directionality
	Bcg

0x0023
	
	

	
	Expanded Call Progress Tones Generator
	Xcg

0x0024
	defines additional call progress indications as signals and allows for specification of directionality, e.g. comfort tone, off-hook warning tone, neg ack tone, vacant number tone, special condition dial tone
	

	
	Basic Services Tones Generation
	Srvtn

0x0025
	defines signals for use by telephony services and allows for specification of directionality. E.g. recall dial tone, confirmation tone, held tone, message waiting tone
	

	
	Expanded Services Tones Generation
	Xsrvtn

0x0026
	e.g. call transfer dial tone, call forward tone, credit card service tone, special recall dial tone
	

	
	Intrusion Tones Generation
	Int

0x0027
	e.g, intrusion pending tone, intrusion tone, intrusion reminder tone, toll break in tone, intrusion queue tone, busy verification tone
	

	
	Business Tones Generation
	Biztn

0x0028
	e.g. off-hook queuing tone, expensive route warning tone, distinctive dial tone, internal dial tone
	


Announcements

Announcements may be requested from H.248/MEGAGO packages at the MRFC/MRFP.  Annex K of H.248 describes the support for fixed and variable announcements, but no specific announcements are defined.

It is also possible for the AS to identify files on a server for the MRFC/MRFP to play an announcement.

Transcoding

For transcoding it should be sufficient to identify the codecs using SDP.  

Optionally, it may also be reasonable to treat transcoding as a two-party conference call.  If this is done, then a transcoding session could be easily extended to a multiparty conference call if a resource identifier is assigned initially.

Conference Calls

Multiparty ad hoc conference calls require the assignment of a resource identifier for the conference facility so that parties may be added/subtracted from the conference.  There also may be a need to communicate the maximum number of participants for the conference.

Other multiparty operations, such as splitting off two parties for a private conversation, need to have a mechanism to indicate such requests.  The alternative is to have the AS manage these types of operations with simpler primitives to manipulate each leg of the conference call.

Examples for each mechanism

The following examples (using conferencing) illustrate that all mechanisms being considered are viable.  For these examples it is assumed that the AS addresses its requests to a specific MRFC.  The user part of the Request URI will indicate the requested service and the domain name is a specific MRFC target destination to provide the service.  The AS will need to discover the MRFC via some mechanism (perhaps HSS) and will need to query it for capabilities (e.g. OPTIONS request) if not included as part of the discovery mechanism.

Example requests for services:

Example 1 uses request URI parameters.

     INVITE sip:conference@mrfc12.provider.com;max-participants=6 SIP/2.0

     Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK776asdhds

     Max-Forwards: 70

     To: <sip:conference@mrfc12.provider.com>

     From: Alice <sip:alice@atlanta.com>;tag=1928301774

     Call-ID: a84b4c76e66710@pc33.atlanta.com

     CSeq: 314159 INVITE

     Contact: <sip:alice@pc33.atlanta.com>

     Content-Type: application/sdp

     Content-Length: 142

     (Alice's SDP not shown)

and here is the response to the INVITE from the MRFC that uses contact for conference id

     SIP/2.0 200 OK

     Via: SIP/2.0/UDP mrfc12.provider.com;branch=z9hG4bKnashds8

      ;received=192.0.2.3

     Via: SIP/2.0/UDP s-cscf.provider.com;branch=z9hG4bK77ef4c2312983.1

      ;received=192.0.2.2

     Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK776asdhds

      ;received=192.0.2.1

     To: <sip:conference@mrfc12.provider.com>;tag=a6c85cf

     From: Alice <sip:alice@atlanta.com>;tag=1928301774

     Call-ID: a84b4c76e66710@pc33.atlanta.com

     CSeq: 314159 INVITE

     Contact: <sip:mrfc12-conf-id-123456abc@192.0.2.4>

     Content-Type: application/sdp

     Content-Length: 131

     (MRFC's SDP not shown)

and here is a subsequent INVITE to join the same conference

     INVITE sip: mrfc12-conf-id-123456abc@192.0.2.4 SIP/2.0

     Via: SIP/2.0/UDP pc22.chicago.com;branch=z989asc09g97789s

     Max-Forwards: 70

     To: <sip:conference@mrfc12.provider.com>

     From: Bob <sip:bob@chicago.com>;tag=6483921774

     Call-ID: b8f89676e66710@pc22.chicago.com

     CSeq: 540957 INVITE

     Contact: <sip:bob@pc22.chicago.com>

     Content-Type: application/sdp

     Content-Length: 156

     (Bob's SDP not shown)
Example 2 uses P-headers for parameters.  The assumption here is that there is a generic P-header created for the MRFC, with indicator of type of service and various parameters.

     INVITE sip:conference@mrfc12.provider.com SIP/2.0

     P-3GPP-MRFC:service=conference;max-participants=6

     Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK776asdhds

     Max-Forwards: 70

     To: <sip:conference@mrfc12.provider.com>

     From: Alice <sip:alice@atlanta.com>;tag=1928301774

     Call-ID: a84b4c76e66710@pc33.atlanta.com

     CSeq: 314159 INVITE

     Contact: <sip:alice@pc33.atlanta.com>

     Content-Type: application/sdp

     Content-Length: 142

     (Alice's SDP not shown)

and here is the response to the INVITE from the MRFC that uses P-header for conference id

     SIP/2.0 200 OK

     Via: SIP/2.0/UDP mrfc12.provider.com;branch=z9hG4bKnashds8

      ;received=192.0.2.3

     Via: SIP/2.0/UDP s-cscf.provider.com;branch=z9hG4bK77ef4c2312983.1

      ;received=192.0.2.2

     Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK776asdhds

      ;received=192.0.2.1

     To: <sip:conference@mrfc12.provider.com>;tag=a6c85cf

     From: Alice <sip:alice@atlanta.com>;tag=1928301774

     Call-ID: a84b4c76e66710@pc33.atlanta.com

     CSeq: 314159 INVITE

     P-3GPP-MRFC:service=conference;conf-id=mrfc12-conf-id-123456abc

     Contact: <sip:conference@192.0.2.4>

     Content-Type: application/sdp

     Content-Length: 131

     (MRFC's SDP not shown)

and here is a subsequent INVITE to join the same conference

     INVITE sip:conference@mrfc12.provider.com SIP/2.0

     P-3GPP-MRFC:service=conference;conf-id=mrfc12-conf-id-123456abc

     Via: SIP/2.0/UDP pc22.chicago.com;branch=z989asc09g97789s

     Max-Forwards: 70

     To: <sip:conference@mrfc12.provider.com>

     From: Bob <sip:bob@chicago.com>;tag=6483921774

     Call-ID: b8f89676e66710@pc22.chicago.com

     CSeq: 540957 INVITE

     Contact: <sip:bob@pc22.chicago.com>

     Content-Type: application/sdp

     Content-Length: 156

     (Bob's SDP not shown)
Example 3 uses XML message body for parameters.

     INVITE sip:conference@mrfc12.provider.com SIP/2.0

     Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK776asdhds

     Max-Forwards: 70

     To: <sip:conference@mrfc12.provider.com>

     From: Alice <sip:alice@atlanta.com>;tag=1928301774

     Call-ID: a84b4c76e66710@pc33.atlanta.com

     CSeq: 314159 INVITE

     Contact: <sip:alice@pc33.atlanta.com>

     Content-Type: multipart/mixed; boundary=unique-boundary-1

     Content-Length: 142

     Unique-boundary-1

     Content-Type: application/sdp

     (Alice's SDP not shown)

     Unique-boundary-1

     Content-Type: application/3gpp-ims-mrfc+xml

     <ims-3gpp-mrfc version=”1.0”>

           <operation-request>

<multiparty>

               <max-participants>6</max-participants>

</multiparty>

          </operation-request>

     </ims-3gpp-mrfc>

and here is the response to the INVITE from the MRFC that uses XML body for conference id

     SIP/2.0 200 OK

     Via: SIP/2.0/UDP mrfc12.provider.com;branch=z9hG4bKnashds8

      ;received=192.0.2.3

     Via: SIP/2.0/UDP s-cscf.provider.com;branch=z9hG4bK77ef4c2312983.1

      ;received=192.0.2.2

     Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK776asdhds

      ;received=192.0.2.1

     To: <sip:conference@mrfc12.provider.com>;tag=a6c85cf

     From: Alice <sip:alice@atlanta.com>;tag=1928301774

     Call-ID: a84b4c76e66710@pc33.atlanta.com

     CSeq: 314159 INVITE

     Contact: <sip:conference@192.0.2.4>

     Content-Type: multipart/mixed; boundary=unique-boundary-1

     Content-Length: 131

     Unique-boundary-1

     Content-Type: application/sdp

     (MRFC's SDP not shown)

     Unique-boundary-1

     Content-Type: application/3gpp-ims-mrfc+xml

     <ims-3gpp-mrfc version=”1.0”>

          <operation-response>

<operation>multiparty</operation>

<result>success</result>

            <resource-id>mrfc12-conf-id-123456abc</resource-id>

          </operation-response>

     </ims-3gpp-mrfc>

and here is a subsequent INVITE to join the same conference

     INVITE sip:conference@mrfc12.provider.com SIP/2.0

     Via: SIP/2.0/UDP pc22.chicago.com;branch=z989asc09g97789s

     Max-Forwards: 70

     To: <sip:conference@mrfc12.provider.com>

     From: Bob <sip:bob@chicago.com>;tag=6483921774

     Call-ID: b8f89676e66710@pc22.chicago.com

     CSeq: 540957 INVITE

     Contact: <sip:bob@pc22.chicago.com>

     Content-Type: multipart/mixed; boundary=unique-boundary-1

     Content-Length: 156

     Unique-boundary-1

     Content-Type: application/sdp

     (Bob's SDP not shown)
     Unique-boundary-1

     Content-Type: application/3gpp-ims-mrfc+xml

     <ims-3gpp-mrfc version=”1.0”>

          <operation-request>

<multiparty>

               <resource-id>mrfc12-conf-id-123456abc</resource-id>

</multiparty>

          </operation-request>

     </ims-3gpp-mrfc>

XML definition

Because XML alternative is under control of 3GPP, the following XML definition is suggested for communication with the MRFC.  It will be identified with a new MIME type in the SIP Content-Type header.  The associated MIME type with the 3GPP IMS XML body could be called "application/3gpp-ims-mrfc+xml".

The XML definition may look like the following.

<?xml version="1.0" ?>

<!-- Draft DTD for the 3GPP IMS XML body used with the request to the MRFC. -->

<!DOCTYPE ims-3gpp-mrfc [


<!-- ims-3gpp-mrfc element: root element -->


<!ELEMENT ims-3gpp-mrfc (operation-request*, operation-response*, charging-id?)>


<!ATTLIST ims-3gpp-mrfc version CDATA #REQUIRED>


<!-- operation-request element: The MRFC operation requested -->


<!ELEMENT operation-request

(tone | announcement | transcode | multiparty | dtmf | #PCDATA)>


<!-- tone element: Tone operation -->


<!ELEMENT tone




(megaco-pkg-id?, private-pkg-id?, tone-id?, file?, duration?, repeat?, delay?, direction?)>


<!-- megaco-pkg-id element: optional MEGAGO/H.248 package identifier -->


<!ELEMENT megaco-pkg-id


(#PCDATA)>


<!-- private-pkg-id element: optional private package identifier -->


<!ELEMENT private-pkg-id

(#PCDATA)>


<!-- tone-id element: optional Tone Identifier -->


<!ELEMENT tone-id



(#PCDATA)>


<!-- file element: optional File identifier -->


<!ELEMENT file




(#PCDATA)>


<!-- duration element: optional play duration time -->


<!ELEMENT duration



(#PCDATA)>


<!-- repeat element: optional value to repeat playing tone/announcement -->


<!ELEMENT repeat>


<!ATTLIST repeat



value

(continuous | #PCDATA)>


<!-- delay element: optional delay time before starting tone/announcement -->


<!ELEMENT delay




(#PCDATA)>


<!-- direction element: optional tone/announcement direction identifier -->


<!ELEMENT direction>


<!ATTLIST direction



value

(to_ue | to_far_end | both | #PCDATA)>


<!-- announcement element: Announcement operations -->


<!ELEMENT announcement


(megago-pkg-id?, private-pkg-id?, announcement-id?, file?, text?, language?, duration?, repeat?, delay?, direction?, annc-params?)>


<!-- announcement-id element: optional announcement identifier -->


<!ELEMENT announcement-id

(#PCDATA)>


<!-- text element: optional announcement text -->


<!ELEMENT text




(#PCDATA)>


<!-- language element: optional announcement language identifier -->


<!ELEMENT language



(#PCDATA)>


<!-- annc-params element: optional announcement parameters -->


<!ELEMENT annc-params


(#CDATA)>


<!-- transcode element: Transcoding requests -->


<!ELEMENT transcode



(resource-id?)>


<!-- resource-id element: Identifier for MRFC transcoding or conference resource -->


<!ELEMENT resource-id


(#PCDATA)>


<!-- multiparty element: Multiparty (ad hoc conference) requests -->


<!ELEMENT multiparty


(resource-id, max-participants?)>


<!-- max-participants element: optional maximum participants for start of conference -->


<!ELEMENT max-participants 

(#PCDATA)>


<!-- dtmf element: DTMF requests -->


<!ELEMENT dtmf




(send-or-collect, target, digits*)>


<!-- send-or-collect element: indicate if sending or collecting DTMF digits  -->


<!ELEMENT send-or-collect 

(#PCDATA)>


<!-- target element: send digits to this target (UE or far end), or collect digits from this target (UE or far end)  -->


<!ELEMENT target

 

(#PCDATA)>


<!-- digits element: optional digits to send or that were received -->


<!ELEMENT digits

 

(#PCDATA)>


<!-- operation-response element: The response to the MRFC operation -->


<!ELEMENT operation-response
(operation, result, resource-id?)>


<!-- operation element: Identifier of operation --> 


<!ELEMENT operation>


<!ATTLIST operation



value

(tone | announcement | transcode | multiparty | dtmf | #PCDATA)>


<!-- result element: MRFC result of operation --> 


<!ELEMENT result>


<!ATTLIST result



value

(success | failure | #PCDATA)>


<!-- charging-id element: charging identifier --> 


<!ELEMENT charging-id


(#PCDATA)>

]>

MRFC discovery and returning capability information

When the AS is directing requests to a specific MRFC, it is preferable for the AS to have knowledge of MRFC/MRFP capabilities a priori.  This may be used for either the initial request or for subsequent requests if additional functions are needed. As mentioned earlier, there are several possibilities for MRFC discovery and learning capabilities.  

The OPTIONS method is a possible choice to use within SIP.  The response to the OPTIONS request will contain an XML body that indicates the capabilities supported by the MRFC/MRFP. The OPTIONS request may include an XML body for the AS to ask about specific capabilities. The absence of this information means that the AS wants to retrieve information on all the capabilities of the MRFC/MRFP.  See figure 2 for how this exchange would operate with the AS using the S-CSCF as an outbound proxy.
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Figure 2: OPTIONS for MRFC

Figure 3 shows a related operation for the case of the AS querying for MGCF capabilities.  This would be a prerequisite for the optimising function described later.  For example, the AS wants to insert a tone or announcement for call between a UE and the PSTN.
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Figure 3: OPTIONS for MGCF

XML definition

This XML definition will be used when the AS needs to retrieve MRFC/MRFP capabilities to assist in choosing an appropriate MRFC to provide needed capabilities in a call scenario. The S-CSCF will need to use this if it makes the MRFC selection based on a generic request URI from the AS.

XML data, identified with a new MIME type in the SIP Content-Type header, is proposed as the mechanism for retrieving capabilities of the MRFC.  The associated MIME type with the 3GPP IMS XML body is "application/3gpp-ims-capabilities+xml". The XML definition may be shared for requesting MGCF/MGW capabilities, with a subset of the information applicable to the MGCF/MGW.

The XML definition may look like the following.

<?xml version="1.0" ?>

<!-- Draft DTD for the 3GPP IMS XML body used with the OPTIONS request and response. -->

<!DOCTYPE ims-3gpp-capabilities [


<!-- ims-3gpp-capabilities element: root element -->


<!ELEMENT ims-3gpp-capabilities (network-entity, major-capabilities*, optional-packages*)>


<!ATTLIST ims-3gpp-capabilities version CDATA #REQUIRED>


<!-- network-entity element: The network entity of interest -->


<!ELEMENT network-entity>


<!ATTLIST network-entity



value
(mrfc | mgcf | #PCDATA)>


<!-- major-capabilities element: The major capabilities supported -->


<!ELEMENT major-capabilities>


<!ATTLIST major-capabilities



value
(tone | announcement | transcoding | multiparty-call | dtmf | #PCDATA)>


<!-- optional-packages element: The optional packages supported -->


<!ELEMENT optional-packages
(megaco-pkg-list | private-pkg-list | announcement-pkg-list | multiparty-pkg-list | dtmf-list)>


<!-- megaco-pkg-list element: list of MEGACO/H.248 defined packages -->


<!ELEMENT megaco-pkg-list

(megaco-package-id*)>


<!-- megaco-package-id element: megaco package identifier -->


<!ELEMENT megaco-package-id

(#PCDATA)>


<!-- private-pkg-list element: list of privately defined packages -->


<!ELEMENT private-pkg-list

(private-pkg-id*)>


<!-- private-pkg-id element: private package identifiers -->


<!ELEMENT private-pkg-id

(#PCDATA)>


<!-- announcement-pkg-list element: list of announcement optional packages -->


<!ELEMENT announcement-pkg-list
(language*, annc-bundle*)>


<!-- language element: optional language identifier -->


<!ELEMENT language



(#PCDATA)>


<!-- annc-bundle element: optional announcement bundle identifier -->


<!ELEMENT annc-bundle


(file-reference | #PCDATA)>


<!-- file-reference: capability to retrieve announcement files from a server -->


<!ELEMENT file-reference

(file-type+)>


<!-- file-type: type of file understood -->


<!ELEMENT file-type>


<!ATTLIST file-type



value
(wav | text | #PCDATA)>


<!-- multiparty-pkg-list element: Multiparty calls (ad hoc conference) optional packages -->


<!ELEMENT multiparty-pkg-list
(multiparty-bundle*)>


<!-- multiparty-bundle element: Multiparty calls (ad hoc conference) bundle identifier -->



<!ELEMENT multiparty-bundle
(supported-operation | max-participants | #PCDATA)>


<!-- supported-operation element: operations for managing conference -->


<!ELEMENT supported-operation>


<!ATTLIST supported-operation



value
(member-primitives | mpty-functions | #PCDATA)>


<!-- max-participants element: maximum number of participants supported per conference -->


<!ELEMENT max-participants

(#PCDATA)>


<!-- dtmf-list element: DTMF operations -->


<!ELEMENT dtmf-list



(dtmf-function*)>


<!-- dtmf-function element: DTMF functions -->


<!ELEMENT dtmf-function



value
(rtp-generate | rtp-collect)>


]>

Optimising the signalling interface to MRFC when multiple capabilities requested

When an MRFC/MRFP is already involved for a dialog/session, it is desirable to use the same MRFC/MRFP when applying a tone/announcement to that dialog/session (assuming the MRFC/MRFP has that capability too).  It is also preferable to do this with as few signalling messages as possible, which may be different than using the INVITE method.

The diagrams below illustrate the possibilities of bearer paths when adding a tone/announcement to an existing point-to-point call or for a conference call.  For cases 1a, 1b, 3 and 5 the bearer path is optimised and there is an opportunity to also optimise the signalling.  The trade off to consider is some extra logic at the AS and MRFC to recognize the condition for optimising to get the benefit of fewer messages versus relying on the MRFC to recognize the opportunity to optimise the bearer path and using the benefit of one signalling sequence for requests.

For either UPDATE or INVITE, the same definitions for SDP and XML message bodies may be used. 
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Figure 4: Bearer Path Options
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Figure 5: Bearer Path Options (cont)
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Figure 6: Bearer Path Options (cont)
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Figure 7: Bearer Path Options (cont)
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Figure 8: Bearer Path Options (cont)

Supporting call scenarios with generic MRFC request URI.

A useful function would be to have the AS make requests for services independent of what MRFC might be assigned to provide the service.  (i.e. decouple the service request from the MRFC address)  To accomplish this, there needs to be a configurable request URI to indicate the generic MRFC address to the AS and S-CSCF.

To provide this level of hiding from the AS, the S-CSCF will need to be able to assign an MRFC based on service request information in an INVITE and knowledge of MRFC capabilities.  The OPTIONS method is the suggested way for the S-CSCF to discover MRFC capabilities.  The INVITE must use the same types of information as returned in the OPTIONS response to provide a matching mechanism for the S-CSCF.  The HSS (AAA) will provide the list of possible MRFC entities for the S-CSCF to query capabilities.  The AS may also use the HSS (AAA) interface to get this list.  It may also be possible for the S-CSCF to provide the load balancing function when more than MRFC is available to provide a particular capability.
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Figure 9: OPTIONS for MRFC from S-CSCF

The user part of the Request URI will indicate a generic MRFC address and either Request URI parameters, P-headers or XML message body may be used to indicate the requested service and further data for the request.  IETF standardized Request URI parameters are preferred, but may not be available in Rel-5 timeframe. Under this scheme, the S-CSCF will be responsible for assigning an MRFC that can fulfil the request (and the S-CSCF may perform a load balancing function).  The S-CSCF will either directly substitute the Request URI with the specific MRFC address or it will need to send a redirect back to the originator with the assigned MRFC.  The S-CSCF will need to discover the MRFC via some mechanism (perhaps HSS) and will need to query it for capabilities (e.g. OPTIONS request) if not included as part of the discovery mechanism.

Example request for services using P-header:

     INVITE sip:mrfc@provider.com SIP/2.0

     P-3GPP-MRFC:service=conference;max-participants=6

     Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK776asdhds

     Max-Forwards: 70

     To: Bob <sip:mrfc@provider.com>

     From: Alice <sip:alice@atlanta.com>;tag=1928301774

     Call-ID: a84b4c76e66710@pc33.atlanta.com

     CSeq: 314159 INVITE

     Contact: <sip:alice@pc33.atlanta.com>

     Content-Type: application/sdp

     Content-Length: 142

     (Alice's SDP not shown)

Redirect (3xx) may be sent back with new Contact list pointing to specific MRFC to be used.  Upon receiving the redirect, the AS would start a new INVITE with the same options as described earlier.

If S-CSCF just changes the Request URI, then the same mechanism for indicating MRFC parameters is passed through with the INVITE.  The S-CSCF would also need to do some mapping between the original Request URI and the new Request URI for the intermediate request messages (e.g. PRACK, COMET/UPDATE) because the AS would still use the original Request URI and the MRFC would need to receive the new Request URI.  The ACK and further INVITEs sent from the AS would use the new Request URI that was returned in the Contact header in response to the original INVITE.

Summary

1. Rel-5 should include support for basic call scenarios for tones, announcements, transcoding, and conference calls. This includes a description of how to pass instructions for the requested function using XML within the message body.

2. Rel-5 should include support for the OPTIONS request to return MRFC (and MGCF) capabilities to the AS. 

3. Rel-5 should include support for optimising the signalling when tones/announcements are needed for existing session that it is using and MRFP (or MGW), assuming that the same MRFP (or MGW) gets used for playing the tone/announcement.

4. Consideration should be given in Rel-5 for an option of having AS send request using a generic MRFC request URI.  However, this may be need to be deferred to Rel-6 to utilize an IETF based solution with Request URI parameters.

Proposal

Agree to the some or all of the concepts described in this paper and use as a reference when considering the CRs for specific changes to 3GPP TS 24.229.
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