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1 Opening of the meeting 

The meeting facilities were located in Helsinki area, in the nice town of Korpilampi, consisting of the "Hotelli Serena", a forest and a lake. The meeting took place on Tuesday, 11th and Wednesday, 12th of April morning. It was chaired by Mr Teuvo Järvelä from Nokia. The meeting was also hosted by Nokia.

The support for the meeting, including the redaction of these minutes, was provided by Mr Alain Sultan, ETSI/MCC.

2 Approval of agenda

S2-000631, source Chairman: Agenda for the N1-S2 workshop on Call Control
The chairman remembered that the aim of this meeting is to propose a Call Control Protocol for the IP Multimedia Subsystem. The " IP Multimedia Subsystem", also sometimes called "UMTS IP multimedia" or also referred to by other slightly different wording, consists of all the entities and protocols which enables to provide multimedia type services on top of the Packet Switched domain. The involved entities are mainly the UE on the user side and the CSCF on the network side.

This drafting meeting has no mandate to firmly decide upon which protocol to use, but it is hoped that this joint session between N1 and S2 delegates will enable to reach a stable proposal, which will not be challenged at next meetings. 

The two main candidates are SIP, developed by IETF, and H.323, from ITU-T. There was also some support for the Megaco-H.248 protocol, being developed by ITU.

3 Discussions of the contributions

3.1 Tdocs on general issues

S2-000425, source BT: Proposal for a Single Call Control Protocol to be used within the Release 2000 Reference Architecture
The contribution highlights the reasons why the R00 architecture should only support one single call control protocol between the terminal and the CSCF.

Conclusion: Approved. The precise impact on 23.821 will be provided by BT in S2-000655.

S2-000649, source France Telecom: Call Control
FT is proposing a set of requirements that the "UMTS IP multimedia" call control shall support, without pushing for SIP nor for H.323, and stressing that none of these protocols, in their current state, is suitable for UMTS: both need enhancements for UMTS use.

Conclusion: There was a general support for these requirements, but the contribution does not propose any concrete text to be put in some specifications. 

3.2 Tdocs related to the choice of the protocol
S2-000426, source BT et al: Proposal for the Single Call Control Protocol to be used within the Release 2000 Reference Architecture to be based on SIP
Ten companies (namely AT&T, BT, Japan Telecom, Lucent, Nokia, Nortel, Rogers Wireless, T-Mobil, Telenor, Telia) are pushing to use SIP as UMTS IP CC, putting forward a set of advantages this protocol provides compared  to H.323, like flexibility and extensibility, require low standardisation effort, …

Discussion: Italtel also supports the idea that SIP is better than H.323, but still thinks is not suitable for UMTS as it is presently, because not stable enough. Nokia stressed that whatever the solution is, the QoS support of the CN needs to be as least as good as the one provided on the radio link.

BT stressed that the important parts to be standardised are between the UE and the CSCF on one hand and between the CSCF and the outside network (e.g. Internet) on the other hand.

Conclusion: This contribution was first noted at the time it was presented. It was finally approved after all the contributions were discussed.

S2-000637, source Ericsson: Multimedia control protocol
Ericsson mention in this contribution that they are also pushing for SIP. They put forward the following advantages: SIP is defined by IETF, derived from HTTP, "simple" and suitable for implementation into mobile end-user equipment with limited memory and processor capacity. They also explain that it is a flexible protocol, i.e. it can be easily extended with new functionality.

Discussion: They also verbally mentioned that SIP is not yet being used, so easy to change.

A general point (independent of the protocol) is that the chosen protocol in its present form will be a basis, but not directly fitting precisely to UMTS, so an adaptation needs to be done. A subsequent choice will be to decide whether the protocol will be adapted to UMTS by its original forum (IETF or ITU) or by 3GPP. The first solution has the disadvantage that 3GPP has no control of whether and how the work will be provided, the second one has the disadvantage that 3GPP might not contained the expertise.

Conclusion: Noted.
S2-000641, source Italtel and CSELT: SIP issues
This contribution contains a study aimed at investigating some of the issues related to the adoption of SIP as a call control protocol for UMTS IP multimedia domain. The authors rather conclude in favour of using another tool, called MEGACO-H.248, which is not strictly speaking a signalling protocol but instead a "device control protocol". This concept is explained in this contribution and the 3 following ones. 

Discussion: There are some confusion in the paper between billing and charging: charging is actually meant.

To answer to one of the Italtel's concerns, it was explained that the calls can always be charged at the transport level. This means that the charging is made according to the requested QoS, not according to the actual end-to-end service which might be unknown by the network (e.g. nothing can prohibit some users to develop their own codecs). So the "hacked" terminals mentioned in the presentation are just data terminals. Moreover, many of the services will still involve the network (e.g. CAMEL, etc) so they will be known by it and charged accordingly. It was also proposed by Motorola to introduce an artificial delay for best effort so it can't be used for voice calls, which was not judged appropriate by Italtel.

Also Italtel mentioned there is a fear at IETF that if all the mobiles use IPv4, there will not be enough available numbering space.

Conclusion: Noted.

S2-000643, source Italtel and CSELT: SIP Issues
Power point presentation companion to S2-000641.
Conclusion: Noted.

S2-000642, source Italtel, CSELT, Marconi: UMTS all-IP Mobility Management, Call and session control Procedures
This contribution contains a study aimed at investigating the possible protocols for UMTS IP multimedia subsystem, and at providing the technical background required to chose the most appropriate one. In this first version, call flows are described for multimedia calls using H.248 as the call control protocol and for a basic call (voice call) over UMTS IP network.

The author's intention is to have further versions of this document to investigate all the protocols selected by 3GPP (H.248, H.323, SIP), highlighting the advantages and drawbacks of each approach.

In the PowerPoint presentation, the basic principles of the way MEGACO works is explained.

Discussion: It is explained that the terminal can provide service specific information to the network with Megaco using some extensions mechanisms based on the provisioning of a new packets containing all the added information needed.

Italtel clarified that for SIP, there is not yet any official or even draft IETF recommendation on QoS. But Nokia answered that SDP is all what is needed. Nokia also stressed that no specific work on Megaco has been performed so far on the NNI, and foresee some problems, but Italtel answered that 3GPP has not started the study on NNI for R00 at all for any protocol.

Italtel asked to the delegates to "investigate the real position of their companies", including the business unit.

Conclusion: Noted.

S2-000644, source CSELT, Marconi,  Italtel: UMTS all-IP Mobility Management, Call and session control Procedures
PowerPoint presentation of S2-000642.
Conclusion: Noted.

S2-000395, source Nokia: Mobile Terminal Related Call Control Protocol Considerations
Nokia recommends SIP protocol to be selected as the single call control method for UMTS IP multimedia subsystem. They argue that H.323 and SIP provide roughly the same functionality but that SIP requires less resource in the mobile terminal.

Discussion: Italtel clarified that Megaco is also light to implement.

Upon request of T-Mobil, Nokia precised they see SIP as future proof as H.323.

Conclusion: Noted.

S2-000652, source DoCoMo: Requirement and concerns on selection of Gm IF protocol
In this contribution, NTT DoCoMo express that their main concern is that inter-connectivity with existing multimedia protocol is ensured, and the co-ordination mechanisms between 3GPP and the originator of the chosen protocol (IETF or ITU) are clarified. If these concerns are clarified, they rather support SIP, stressing that the selection shall be based on enough technical study, with careful consideration to avoid unexpected negative impact.

Discussion: The contribution mentions an internal study on protocol size comparison of SIP and H.323 (concluding that no significant difference can be seen on the protocol size between H323 version 3 and SIP), and NTT DoCoMo proposed to make it public if requested, in a next future. They explained it is in now in a format difficult to understand by non-Japanese readers...

Concerning the interworking between H.323 and SIP, it was clarified that neither ITU nor IETF is working on that, nor willing to start the work: these are competing solutions. There was a proposal at IETF and a group was created two weeks ago, but it was closed at the end of the first meeting. Tiphon is however trying to harmonise these protocols.

Interworking with some non-SIP protocols (if SIP is selected) should be a requirement.

Conclusion: Noted.

4 Results of the discussions on the choice of the protocol

After reviewing all the tdocs related to the choice of the protocol, noting that most of them are pushing for SIP, and according to the discussions handled that day, this drafting group, with two objections (see bellow), recommends to use SIP as starting point for the UMTS CC for IP multimedia subsystem for R00. 

The exact impacts on the TSs are in S2-000426. 

The official decision will be taken by S2, but it is expected not to come back on the issue.

However, the way to co-operate with IETF in particular to accommodate SIP for UMTS still needs to be clarified, and the feed-back from the other 3GPP groups (in particular N1) also has to be considered.

It was remembered that the work as 3GPP is contribution driven, and this meeting can take only working assumption, that can be reconsidered if new/unforeseen elements appear.

In addition, Nortel and Lucent mentioned they still have some internal discussions on the choice of the protocol.

Alcatel, AT&T, T-Mobil, Nokia clarified or re-stated they also support SIP.

Italtel mentioned that no clear argument has been put forward for SIP but "many arguments against it have been heard".  The impacts of the choice should be more deeply studied. By mandate, Italtel explained CSELT prefer not to have any decision at this meeting.

QoS and Call Control IGC co-ordinators, TSG-N and TSG-N1 chairmen emphasised that postponing the decision will lead to postpone a lot of other issues, in particular all the QoS work, as well as an important part of the N1 work.

S2-000655, source BT: Proposed LS to SA, CN, T, N3 (Cc N2, N4, RAN3) on Call control between the UE and CSCF within the R00 architecture
This LS tries to summarise the decision taken by the drafting group.

Discussion: It was explained that instead of "PS domain", it should be "IP Multimedia Sub-system".

It was remarked that the Gm reference point between the UE and the CSCF is not shown in the figure of 23.821.

The sentence "The intention is to select a standardised CC Protocol that will be revised within 3GPP to meet UMTS specific call control requirements" might be misleading: no decision has been taken yet on the work procedure with IETF. This sentence should be deleted. It should also not be added in 23.821, so it should be deleted from S2-000425 and S2-000426. A separate LS can be drafted on the relationship 3GPP-IETF.

Also the part of sentence "(as defined by RFC 2543, other relevant RFC’s, and additional 3GPP enhancements)" should for the same reason be replaced by "(…RFC's, and additional enhancements required to support 3GPP needs)".

On the links between UE and MGWC, it was proposed to have them working in proxy mode, but this was not judged feasible. More studies are needed on this point.

Conclusion: Revised to S2-000659 with these modification. "to T2, Cc S3" should be added.

S2-000659, source drafting group: LS to SA, CN, T, N3, T2 (Cc N2, N4, RAN, S33) on Call control between the UE and CSCF within the R00 architecture 

revision of S2-000655.
Conclusion: It should be posted on the S2 and N1 e-mail list on Friday. S2 and N1 approval by next Wednesday.

5 Other contributions

5.1 Contributions on the practical way to adapt the protocol for UMTS use

S2-000638, source Ericsson: On Standardisation of Multimedia
Ericsson propose the following way forward: the SIP modifications needed for UMTS will be promoted in IETF, with the objective to achieve a single standard. In practise, 3GPP shall standardise the use of a specific IETF RFC (by referencing) and shall specify which options in which RFC shall be used. Extensions can be standardised in IETF as an amendment to an IETF RFC or as a new RFC. 3GPP shall guarantee the stability and backward compatibility of the air interface protocols including multimedia towards UEs. These protocols shall also be part of the 3GPP test specifications. Other multimedia aspects such as the real-time radio bearers and which codecs to be used in a UE shall be standardised by 3GPP.

Discussion: Even if not disagreeing with the proposal, Nokia stressed that the way 3GPP "promotes things to IETF" need to be clarified, knowing that Liaison Statements are not used by IETF. The process IETF understands is to progress the work on draft RFCs. Ad-hoc groups involving both committees were proposed. 

Motorola stressed that, even if some default options should be defined (e.g. for the codecs), there should be no limitations in introducing other, non standardised, solutions.

Ericsson clarified that their proposal does not refer only on the UE-CSCF protocol, but also possibly on other aspects such as e.g. user codec, radio bearer, robust header compression, etc.

3GPP problems of uncontrolled evolution of the work were mentioned, e.g. if IETF decide to delete an RFC. It was answered that 3GPP will refer to a specific release of an RFC.

The creation of new releases of the 3GPP specs will need to reconsider the reference to the RFC, at least to update the version number of the referenced RFC.

The exact procedures need to be further defined, but this can be studied separately.

The general philosophy is to try to re-use what has been defined elsewhere, e.g. by IETF, if it responds to the 3GPP demand.

The aim of the proposal was judged too fuzzy by Lucent, in particular with respect to the last paragraph.

Two main different approaches on the way to co-operate with IETF were mentioned:

- to have individual companies involved both in 3GPP and IETF, actually supporting the co-ordination and pushing IETF in the sense needed for UMTS

- to take the IETF RFC exactly as produced by IETF and modify them at 3GPP to fulfil the UMTS needs.

There was some preference for the first approach. The risk of having IETF not covering the 3GPP needs is solved by a careful review and potential enhancements of IETF work by 3GPP. In any case, the first step is to have 3GPP identifying the lacks of the IETF proposed solution.

There was no basic disagreement of having the possibility to reference IETF RFCs in 3GPP specifications.

Conclusion: A drafting group will make a proposal of the co-operation with IETF in S2-000657.
S2-000657, source Drafting group: On Standardisation of Multimedia 

Based on S2-000638 (and 639). 

This document proposes to introduce in 23.821 some clarifications on the relationship between 3GPP and IETF: UMTS R00 shall, as far as possible, conform to IETF “Internet standards” when an IETF protocol has been selected by 3GPP, e.g. SIP. The 3GPP shall specify the mandatory codecs and protocol options towards the UE, and 3GPP shall guarantee the stability and backward compatibility of the air interface protocols including multimedia towards UEs. These protocols shall also be part of the 3GPP test specifications. Other multimedia aspects such as the real-time radio bearers and which codecs to be mandated in a UE shall be standardised by 3GPP.

Discussion: The meaning of "as far as possible" was explained to let some freedom to 3GPP in case of problems with IETF. Some examples of exceptions can be added. But after some long and not very fruitful discussions, it was judged not to change the sentence.

Conclusion: Approved by the drafting. To be discussed at next S2 meeting.

S2-000658, source Drafting group: Work process
This contribution outlines a process for 3GPP to interact with IETF in order to achieve a complete standard for R00 and later releases where important protocols are developed in IETF. This corresponds to what is proposed to be introduced in 23.821 by S2-000657.
Discussion: The chairman explained this is out of the mandate of this drafting group to take some decision on this point. However, this group can propose a solution, to be further adopted by S2 and then by SA and potentially by PCG.

The last paragraph should correspond exactly to what is stated in S2-000657.
Answering to Italtel's request, the chairman clarified that it cannot be stated that 3GPP will automatically and without any control adopt the IETF protocols. This was the opinion of many companies.

Concerning the statement "3GPP shall guarantee the stability and backward compatibility of the air interface protocols including multimedia towards UEs.", it was remarked that it can be hard to provide backward compatibility between R00 CC (SIP) and R99 (GPRS SM?). It was explained that this means a terminal should still work on a previous-release network and reciprocally. On the same sentence, it was wondered how 3GPP can "guarantee" what is proposed.

It is explained that the IETF working procedure is such that if there is a willing to introduce modifications to an RFC, then a new number is allocated to the modified RFC but the original RFC remains as such, without even introducing a sentence to state that it is obsolete.

Some other modifications were provided on-line using a videoprojector.

Conclusion: Revised to S2-000662.
S2-000662, source Drafting group: Work process
Revision of S2-000658
Conclusion: Approved.

5.2 Other contributions

S2-000653, source Nokia: On the selection of the protocol for NNI
This contribution discusses the selection of the protocol to be used for call control on Network-to-Network Interfaces (NNI) in R00 PS networks, in particular on the Mw and Mg interfaces: it proposes to adopt BICC (Bearer Independent Call Control) rather than e.g. SIP or H.323, noting however one restriction which is that only IP bearer shall be applicable with BICC.

Discussion: Italtel mentioned that BICC is not as reliable as SIP.

Conclusion: Not approved. Some more contributions are required on this topic.

S2-000654, source Nokia: On the selection of the service control model in R'00
This contribution proposes a service model for R00 PS where the service control is located in the visited network. It describes the advantages of the proposed model compared to some other ones.

Discussion: Some points should be clarified off-line (concerning e.g. address translation, QoS aspects). Marconi has some concerns with QoS handling, as they state in S2-000660.
Nokia clarified they want this model to be the primary one.

The SGSN should be involved in legal interception.

In the contribution, E.164 is used for addressing as an example only.

Optimal routing can be supported as in GSM.  The Serving CSCF stores some user information, more or less equivalent to the one now stored in VLR.

Conclusion: Noted, subject for further discussions in next S2 drafting meeting.

S2-000660, source Marconi: Physical distribution of the Serving CSCF functional requirements
This contribution proposes that for the services provided by the home network (in a roaming situation), the Serving CSCF is located in the home network and a proxy CSCF is used in the visited network. The link between the serving and proxy CSCFs uses a SIP-based protocol.

Discussion: Also some concerns on QoS were mentioned by T-Mobil.

Conclusion: To be reviewed at next meeting.

4 Conclusion

According to the mandate of this group, no firm decision was taken, but the main result of this drafting group (to use SIP in UMTS IP multimedia subsystem) provides a working assumption which should enable to quickly progress the work of other groups, in particular N1. 

The chairman thanked the delegates for their very positive attitude as well as the MCC support.
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