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1 Opening of the meeting 

This drafting meeting aimed at progressing the work on several key issues to be solved in priority for UMTS Release 2000, the two main ones being roaming and addressing issues.

The meeting started on Tuesday, 9th of May, and ended on Thursday noon, 11th of April, at " München-Bryggeriet", a very nice meeting place in Stockholm. 

It was hosted by Mr Magnus Olsson from Ericsson, and was chaired by Mr Teuvo Järvelä from Nokia.  

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

WARNING: As for any drafting session, the results of this meeting have no formal status. Some conclusions are written in the form "tentatively approved" to remind this fact. 

These results still need to be approved at next S2 meeting. However, it is hoped and expected that a quick approval can be reached there as a result of the (long) discussions which took place during the drafting sessions.
2 Approval of agenda

S2-000740, source Chairman: Agenda
Conclusion: Noted

3 Roaming issues

3.1 Location of the default CSCF

3.1.1 Discussion

This series of tdocs concerns the location of the default CSCF, i.e. for a user in a roaming situation, to decide which CSCF has to be addressed first: the one in the home network (or "home CSCF") or the one in the visited network (or "visited CSCF").

There is no individual conclusion on these tdocs, because they were all presented before a general conclusion on the topic was (tentatively) provided in tdoc S2-000769.
S2-000741, source BT: The delivery of Home/Visited Service Control in R00
This tdoc proposes a complete solution on how to handle roaming: first, how to determine the capabilities of the visited CSCF and then, how to actually handle the services.

S2-000746, source Lucent: Architecture for the support of Home services when Roaming
This paper also proposes a solution for handling roaming subscriber, which is: the UE registers with the visited CSCF and then, based on the subscription profile, this CSCF determines if the visited network can support the UE via CAMEL, i.e. if the home network provides the services via CAMEL and if the visited network supports the required capability set.  If the Visited network can support the UE via CAMEL, then it will do so,  otherwise, it will proxy the registration through to the home network.

S2-000747, source Motorola: Enabling Service Control through Registration
Motorola propose here to base the architecture on the principle that the service control for a roaming subscriber is designated by the Home network: the serving CSCF can then be located either in the Home network or in the visited network. This assignment of the serving CSCF is designated by the Home CSCF during the registration of the UE at the visited network.

Discussion: There were some doubts on whether the home CSCF is the most appropriate entity to take the decision or if it cannot be some other ones, like e.g. the HSS.

According to the authors, the main standardisation effort is when the handling of the call is passed to the visited network.

The analogies with Lucent’s proposal were stressed: Lucent summarised the main point of their proposal to be that the registration is made to the visited CSCF and then, according to capabilities of the visited network, then the call is either totally handled in the visited network or controlled by the home. On purpose, Lucent did not mentioned any protocol.

S2-000751, source Ericsson: Service execution at home: example information flows
This 25-pages contribution proposes a service execution model where the services are executed in the home network, but a proxy in the visited network can also detect the services to be provided locally.  Call flows and other stage 3 information are shown.

The proposal relies on two new entities: the ICG (Incoming Call Gateway, and not "Inter-Co-ordination Group") and CI (call instance host).

No precise text is proposed to 23.821.

Discussion: The new terms introduced here have lot of similarities with the ones already existing, so they should have been named the same way.

It was not very clear how the proxy can choose between visited and home network to handle the call.

The “discovery” of network elements in general and in particular for the home network to address the correct entities of the visited network (like the T-ICG) needs to be further studied.

Compared to the Motorola´s proposal, here the HSS is in charge of assigning the serving CSCF (against the home CSCF in Motorola´s).

In figure 7, it should be clarified how to avoid conflicts between the number of local significance having different meanings in the visited and in the home networks.

S2-000750, source Ericsson: Understanding the service execution in the visited network paradigm
This paradigm paper proposes to consider the roaming to and from legacy CS networks as an important criteria when choosing the roaming scenario paradigm. It does not push for any solution (default CSCF in home or visited network).

Discussion: It was remarked that this paper deals with interworking between 2G and 3G networks and not directly with the main subject of the discussion (to decided where to locate the default CSCF).

Then a discussion took place on how to support a circuit-switched-only terminal in a packet-switched-only network, without conclusion. It also appeared that how to handle CAMEL services, “classical” services and supplementary services have to be studied.

It was not clear (at least for Ericsson) if the main goal of the introduction of  IP MuMa domain was to emulate CS services. If this is the case, Ericsson stressed that today, 700 networks are supporting the CS services and there is no need to introduce a new system to support them.

S2-000758, source Vodafone: CC Architecture and Subscribers Roaming in the Home Network 

Vodafone remember that roaming situation is by far not the most frequent case, so the architecture has to be optimised for non-roaming users. A foreseen consequence is that the call control has to be “local to the user” in most instances.

Discussion: This last sentence is explained to relieve the home network of some signalling. Ericsson stressed that having a mechanism to allow dynamic allocation of the CSCF is needed in any case.

S2-000753, source Nokia: On service models in R00
It is proposed that CAP is used for roaming at the “service control” level and another protocol, to be further defined, on the Cx interface. 

Discussion: In short, the proposal is to use CAMEL for CC for roaming.

Some US operators have no intention to implement CAMEL.

Here, an enhanced version of CAMEL is referred to, taking into account e.g. multimedia services. BT clarified there is no plan to include multimedia in IN CS4 yet. 

Motorola thought that this approach can limit the service availability when roaming.

Nokia, Ericsson and Lucent stressed again that one single solution for CC will be more simple to define and implement than another one where e.g. CAP is sometimes used, sometimes not.

3.1.2 Tentative conclusion

A "compromise tdoc", elaborated after all the tdocs presented up above were presented, was provided in tdoc S2-000769.
S2-000769, source Lucent Technologies and Motorola: Architecture for the support of Home services when Roaming
This paper proposes that the R00 architecture shall be based on the principle that the service control for a roaming subscriber is designated by the Home network upon registration of the UE at the visited network: the home network can decide either to assign the serving CSCF in the home or in the visited network.

Discussion: The Application Server is located in the home network in figure 2 because this document deals with how to provide home-specific services, as stated in the title but not in the proposed text: there is no willingness to limit the application server of being only in the home network (if a non-home-specific service is invoked, then the home network can be totally not involved in the call). 

The interface between the Serving CSCF and the Application Server is not named, because 23.821 does not name it.

Nokia, Siemens, AT&T, BT support the proposal.

Italtel proposes to clarify that this applies for services depending of "user profile look-up". In the third sentence, “...that the service control for a roaming subscriber “ should be replaced by something like “that the user profile sensitive service control for a roaming subscriber…”

Ericsson stressed that some other possibilities, potentially simpler, might also fulfil the operator requirements.

Conclusion: To be taken as a starting point at next meeting in Berlin, and to be potentially reconsidered there. More contributions are invited on the subject, to improve (or potentially challenge) this basis.

3.2 Other tdocs on roaming
S2-000744, source Lucent: Call Scenarios when Roaming
This tdoc stresses out some points related to roaming issues which need to be further studied, like CSCF address resolution when roaming, or SIP-ISUP inter-operating for UMTS (roaming user) to PSTN call and reciprocally, and some other cases.

Discussion: The author clarified that “R00 user” means “IP multimedia domain”. “CS domain subscriber” can be either R99 or R00 but not IP multimedia user.

Scenario 9 was not clear: how a CS user can access the network and be charged when using PS domain? This question is indeed pertinent and needs to be answered at some point, e.g. by S1.

In scenario 8, after the locate message (11), the provisioning of the roaming number is missing. It is assumed that a VLR-type of behaviour is provided by some entity, but it is not clear if the CSCF or the MGCF acts so.

Conclusion: Noted. Further studies are needed on the points identified here.

S2-000745, source Lucent: Support of Services Whilst Roaming
Some clarifying text is proposed on Reference Points towards SCP (CAP based interfaces) and on VHE. This is a revision of S2-000691.
Discussion: There are still some ongoing discussions on whether CAP will be the single “service controlling interface” or if they will be several. This paper assumes it is the only one.

Ericsson propose not to take any decision now. Lucent stressed they are just proposing a way to support an S1 requirement to support CAMEL, which then need to be solved sooner or later.

The sentence with revision marks should be re-stated as “From the serving CSCF (and possibly also from the interrogating CSCF)…”.

Conclusion: Approved with this modification Revised to S2-000760.
S2-000760, source Lucent: Support of Services Whilst Roaming
Revision of S2-000745.
The requested modifications have been included.

Discussion: CSE should be used rather than SCP. Alcatel is requested to provide the necessary changes in a future contribution.

Conclusion: Approved (tentatively).

S2-000752, source Ericsson: Inter Service Roaming
This paper proposes a set of information flows charts to describe how to provide a set of basic procedures which are: establishment of a “SIP call”, of a call starting from a PSTN and directed to the CS domain, a call from PSTN to SIP, SIP to CS, PSTN to SIP and PSTN to CS. They also involve the new entities ICG (Incoming Call Gateway) and CI (Call Instance Host).

Discussion: The distinction between 3.1 and 3.2 (intra/Inter-Service Roaming) and 

MAP and IETF signalling should be stressed in the figures (e.g. shown in different colours).

In PSTN to CS, “CEP” is a "typo" error: it should be ICG. 

Alcatel stressed that the HSS might not be the best entity to take the decision on which domain to route the call: e.g. after “invite” of figure in 3.2.1, the HSS might not be aware of the user having performed a detach from the CS domain. The selection can be made on the service. To provide the roaming number, or to make a service interrogation, can be used more efficiently to determine the domain.

HSS is sometimes interrogated using SIP and sometimes using MAP for similar purposes: an harmonisation is possible.

In 3.2.2, the PSTN addresses the GMCF whereas in 3.2.2, it addresses the MGCF: this is explained to be determined by the operator, e.g. according to the MSISDN. According to Alcatel, the calling network should not be aware of the end domain (CS or SIP or whatever).

The interface between MGCF and GMSC has been approved in Helsinki meeting (even if not named clearly) and the proposal is consistent with this decision.

Ericsson’s proposal is to have these flows approved in principle and make the actual proposal on 23.821 in a drafting group.

It was commented that the proposal need to be studied more in depth first and that the point mentioned by Alcatel has to be solved.

Conclusion: To be revised and further studied in Berlin.

S2-000756, source Nokia: Roaming Concept, Scenarios and Solutions
Revision of a previous contribution shown in London.

This tdoc proposes some flows to support roaming between two “UMTS R00 PS-IM” networks and between an UMTS R00 PS-IM network and a pre-R00 GSM/UMTS network. It introduces the ALSI (Application Level Subscriber Identifier), which is a subscriber identity of the IM subsystem.

Discussion: In figure 3, section 4: the SGSN and GGSN can be deleted (showing them does not provide any information). Some other small improvements can be performed on this figure.

It should be clarified that the flows of figure 4 describe the registration procedure.

Conclusion: Revised to S2-000761, where only section 4 has to be kept.

S2-000761, source Nokia: Roaming Concept, Scenarios and Solutions
Revision of S2-000756.
From the previous contribution, only the part impacting 23.821 has been kept. Some revisions have been performed, according to the previous discussions.

Discussion: The figure title still does not mention it is for registration only. It should be changed.

The same concepts will apply to R00 CS domain, not only to “legacy GSM/UMTS networks”: the circuit registration procedure is shown.

It is not very precise what “UMTS legacy network” refers to.

Conclusion: Revised to S2-000768.
S2-000768, source Nokia: Roaming Concept, Scenarios and Solutions

Conclusion: Approved (tentatively).

4 Addressing Issues

· 4.1 Discussion

S2-000754, source Nokia: IP allocation aspects
Revision of 701 (itself being a revision from 397).

This tdoc proposes a new text for section 6 of 23.821 on Mobility Management. Four main steps are identified for registration: “bearer-level registration” (i.e. GPRS registration),  PDP context activation, CSCF discovery and Application Level registration.

Discussion: “All IP” should be replaced by "R00 IM subsystem".

The discovered CSCF might be the “proxy CSCF” and not necessarily the “serving CSCF”. A generic term, like “registered CSCF”, can be used instead.  A note has to be added to clarify this point.

Indirectly related to the issue, Italtel explained that a “SIP Handover” has not the same meaning as for a GSM/UMTS HO: for SIP, a handover is a change of serving CSCF. So this particular use of the term HO shall be avoided.

Concerning the statement “The IP address is allocated to UE by the access network, e.g. GPRS”, two remarks: some other mechanisms can be also used and GPRS is not an access network. It shall be rephrased “…to UE either by GPRS or by some other means, e.g. DHCP or mobile IP.”

In step 3, “For instance, the UE may perform PDP context activation and the CSCF discovery, but not the application level registration.”: this is too detailed now, no study has been made. No conclusion.

In step 4, the sentence “The IP address used for signalling purposes by the UE e.g. for multimedia calls, is not allocated on a call basis” was proposed to be deleted by Lucent because leading to useless constraints. Italtel and Alcatel found it useful because describing how IP addresses are allocated, and for how long. It shall be rephrased to re-state clearly that the IP address is allocated at primary PDP context activation.

In step 4 of 6.1, “4. UE performs application level registration by providing the IP address obtained at step 2”: Ericsson see that DNS name can also be used for application registration, and not only IP address as stated. The advantages of using a name instead were not identified but a note has to be added to state “the possibility to use DNS name instead of IP address is ffs”.

Nokia has not investigated whether the allocated IP address is globally unique or if it can be local. According to Alcatel, this IP address is not seen by the external world. To be solved by off-line discussions.

Conclusion: Revised to S2-000762.
S2-000762, source Nokia: IP allocation aspects
Revision of S2-000754.
It includes the changes proposed during the presentation of 754.

Discussion: The use of static IP address has not been considered when elaborating this document.

It is now proposed to come back on one of the previous modifications and not to state anymore that the IP address is allocated at primary PDP context activation, but just to state that it is not allocated on a call basis.

Conclusion: Tentatively approved. To be potentially revised by other contribution(s).

S2-000709, source Nokia (IPv6 Drafting Group): R'00 IP versions according the IPv6 Drafting in London
This paper is the result of the drafting meeting in London to state that the R00 architecture will be designed to support both IPv4 and IPv6, and to give some more clarifications.

Discussion: The proposed text should be put in a new sub-section of 10, named “10.1 IP version issue”. “IP MM CN subsystem” instead of “IP MM subsystem”

Conclusion: Revised with these modifications to S2-000763.
S2-000763, source Nokia: R'00 IP versions according the IPv6 Drafting in London
Revision of S2-000709.
Conclusion: Merged with S2-000764 in S2-000766.
S2-000755, source Nokia: Benefits of having an IPv6-based IM Core Network subsystem
As to answer to an open point identified in S2-000709 (revised to S2-000763), this paper says that IP v6 shall be the unique version of IP supported in the IM CN subsystem: IP v4 shall not be considered even has an option because “it will not provide valuable benefit, cause delay in standardisation process, increase the cost of the system and create interoperability problems in the future.”

Discussion: Alcatel and AT&T support the proposal. Ericsson do not object on the proposal. The way to support functions like Mobile IP, IP sec and other related functions will be covered by future papers, on a case by case basis.

“exclusively” is more precise that “unambiguously”. In UE, IP v4 and v6 support is mandatory: this has to be clarified. A precise text has to be provided.

Conclusion: Approved in principle. The precise text to 23.821 has to be provided in S2-000764, where the UE shall also be addressed and not only IP MM CN subsystem.

S2-000764, source Nokia: IPv6 in the R00 IM CN Subsystem
Revision of S2-000755. 

Discussion: In some cases, the interworking between IP v4 and IP v6 might be done in the UE.

This impacts the text in S2-000763 from London. The relationship between these two papers has to be clearer.

Conclusion: Merged with S2-000763 in S2-000766.
· 4.2 Tentative conclusion

S2-000766, source Nokia: R'00 IP versions according the IPv6 Drafting in London
Merging of 763 and 764.

Conclusion: Tentatively approved.

5 Other Architectural Issues

· 5.1 GERAN Issues

S2-000742, source SBC Communications, Pacific Bell Wireless 

BellSouth, VoiceStream: Benefits of having an IPv6-based IM Core Network subsystem
This paper proposes to use the Iu_CS interface “as an option” for GERAN in order to provide an  alternative for the CS GSM network, and to provide options for voice and circuit switched data services within the R00 framework.

Discussion: According to Siemens, it’s important to have the GERAN connected to the R00 network, but all the solutions have to be carefully studied.

“as an option” means that the GERAN can be addressed either via the A interface or the Iu_CS interface. Siemens found this "option" will make the architecture very complex: for the manufacturers, it means that the GERAN has to support both interfaces.

SBC does not expect a lot of additional work.

For Siemens, the main point to be solved is how the GSM network can benefit from the improvements on GERAN.

Conclusion: Noted. Go to S2-000743 before to conclude.

S2-000743, source SBC Communications, Pacific Bell Wireless 

BellSouth, VoiceStream: Support for CS Domain to UMTS CN in GERAN
This powerpoint presentation explains more in depth what is meant in the previous document: Iu-cs should be supported as an optional interface within GERAN, which means that an operator may choose to address the CS part of GERAN with A, A+Iu_CS, or Iu_CS only.

Discussion: Siemens stated that even if there are some limitations with the A interface, mainly the data bit rates, the proposal might not be the more appropriate solution. More time is requested to see the impacts of the proposal and to investigate other possibilities. Ericsson stressed that SMG2 needs to be also involved in the discussions. It was proposed to have the issue discussed at the June SA plenary or at least to the next S2 meeting.

Operators’ views are needed at next S2 meeting.

Conclusion: To be discussed again at next S2 meeting.

· 5.2 TrFO/TFO Issues

S2-000749, source Siemens: Architectural Requirements on TrFO in a R00 combined GSM/UMTS or GSM-only core network
Already handled at the workshop on TrFO/TFO.

This paper proposes to clarify that the R00 features in CS CN to enhance speech support (e.g. TrFO/OoBTC: speech quality, transmission efficiency) shall consider a common solution for both UTRAN-speech (Iu if with codec in core) and GSM-speech (A if with codec in RAN).

It also corrects in sub-section 3.2 the figure of 23.821 as to show that the A interface is between the BSS/GERAN and both the MGW and the MSC server.

Discussion: In the workshop, 3.1 was accepted and 3.2 was rejected.

It was remarked that there is no requirement that TrFO has to be supported between the CS and PS domain because the point was not considered. This shall be studied.

In general, voice traffic in the PS domain has not been studied and need to be addressed.

The picture in 3.2 is still not fully correct according to Alcatel, and same kind of modification has to be provided on the PS side.

The terminology in 3.1 (TrFO/OoBTC ) might be misleading because referring to the R00 UMTS concepts and not to the GSM ones. 

Conclusion: To be revised. Off-line discussions (in particular with Alcatel) needed. 

· 5.3 On CSCF to HSS interface (Cx)
S2-000757, source Nokia: Cx interface protocols
This contribution proposes for the Cx interface (between CSCF and HSS) to use  IP for the lower layers, and then SCTP on top of it, and then two new layers on top of SCTP: “application layer protocol”, mainly used for mobility management and “SCTP management”, to create and release associations and map the user data to SCTP streams.

Discussion: It is proposed for the CSCF to HSS interface to use a more access-independent approach: MAP might be too access-oriented. The requirements on Cx have to be first clearly identified. A more IP-oriented approach might be preferable, according to Alcatel and Lucent. For Italtel, MAP is too big for this use: only a subset of its functions would be needed in any case.

The specific advantages of using specifically SCTP for transport of the other protocols compared to other mechanisms (TCP, UDP, etc)  were not clearly stressed out.

Conclusion: More contributions are invited on this topic.

· 5.4 On HSS
S2-000759, source Nortel: Access Independence using Two-Tier Mobility
This tdoc proposes a model for mobility management where the HSS is split in two parts: UMS and HLR. The UMS is used independently of what should be rather called a “bearer network” (but called “access network” in the proposal), handling e.g. service related data, and the HLR is particular to GSM/UMTS, handling e.g. location related data.

Discussion: Although Alcatel agree with most of the points of the contribution (mobility split between two layers, two independent levels of registration: multimedia and bearer levels), they noticed that the HLR might not know if the user is attached to the CS domain or not. Using the service can be another solution, preferable to know is the user is attached to CS or PS domain.

S2-000704 deals with the same subject (HLR and UMS) and was tentatively approved at previous meeting.

The “IP-GW”, a proposed new entity,  need to be further defined (router or application level) or removed. An initial thought is to have it performing rather router functions.

Alcatel remembered that in GSM CS, MAP is carrying some access-dependent material (location area, etc) and this has to be avoided in UMTS.

Conclusion: Some precise text has to be proposed for 23.821. The relationship with S2-00704 has to be clarified.

· 5.5 On Handover
S2-000748, source Siemens: Anchoring of MSC server and CS-GW during handover in UMTS R00 network
The contribution suggests to use the concept of anchor entity for handover of circuit-switched services involving the change of CN equipment: at CS-MGW change, there will be an Anchor CS-MGW; at CS-MGW and MSC-server change, there will be an Anchor CS-MGW plus an anchor MSC server.

Discussion: In the first figure, the target and the anchor MGW are linked: the link has been forgotten.

This paper assumes a one to many relationship between the MSC server and the MGWs.

It might be efficient to distinguish in the proposal the user plane and the signalling plane, because not the same mechanisms will be used. 

Conclusion: To be re-submitted at Berlin. Some other proposals on HOs have to be provided at the Berlin meeting. 

· 5.6 On the protocol "between networks"
S2-000695, source Ericsson: Selection of the NNI Call Control
This contribution proposes that SIP (as defined by RFC 2543, other relevant RFC’s, and additional enhancements required to support 3GPP´s needs) is chosen as the basis for the NNI call control within the IPMMCN subsystem.

Discussion: There is no disagreement on the principle, however the acronym “NNI” is confusing: after some discussions, it was clarified that it refers to the interfaces between two CSCFs, and between one CSCF and another SIP entity, and between CSCF and MGW control function. This has to be clarified.

Then a very confusing dialogue took place on carrying SIP messages on ISUP or carrying ISUP messages on SIP, and on the interest of doing so. It was conclude that it was not clear why this discussion started...

A note stating that security functions need to be further studied might be added.

Conclusion: Revised to S2-000765, tentatively approved.

S2-000765, source Ericsson: Selection of the NNI Call Control
Revision of S2-000695.
The interfaces on which SIP-based protocols are proposed to be used are now clarified: Mw, Mm and Mg.

Discussion: One clarifying sentence to be added.

Conclusion: Revised to S2-000767.
S2-000767, source Ericsson: Selection of the NNI Call Control
Revision of S2-000765.
The sentence “The SIP based signalling interactions between CN elements may be different then SIP based signalling betwenthe UE and the CSCF” has been added.

Discussion: Some typo errors due to the author´s state were mentioned. 

Conclusion: Approved (tentatively).
4 Conclusion

The two main conclusions on roaming and addressing issues are respectively in S2-00769 and S2-000766.
The official S2 decisions will take place at next S2 meeting, based on these documents.

The chairman thanked the delegates, the host Ericsson, and MCC.
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