3GPP TSG SA WG2 Architecture — S2#51
S2-060582
13 - 17 February 2006

Denver, Colorado, USA

Source:
SA WG2 Vice Chairman (F. Mademann)
Title:
Results of e-mail approval process
Document for:
Approval

Agenda Item:
3
Work Item / Release:

Documents for SA2 #50 Email Approval
Deadlines for e-mail approval are as follows;

Revised tdocs until:

Jan 24th 18:00 CET (17:00 GMT)

Comments on tdocs until:
Jan 25th 18:00 CET (17:00 GMT)

Revised tdocs may be proposed until the deadline for revised tdocs. If there are no comments on a tdoc by the deadline for revised tdocs this tdoc is approved at that time. After the deadline for revised tdocs no further revisions will be accepted.

If there are no objections on a certain tdoc revision until the final deadline it is approved at the final deadline.

To keep track of the discussions and conclusions, please clearly indicate "[email approval, S2-xxxxxx]" in the e-mail subject line, when distributing the documents or commenting on the documents for e-mail approval.

The file name of a revised tdoc shall indicate the revision number.

	Ag
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	WI
	Conclusion

	8.2
	S2-060102
	CR
	Reference and Terminology Changes for Fixed Access
	Lucent Technologies
	23.228
	FBI
	Shabnam (Ericsson):

 Hi all, Attached is a revised version1 of the document 102. 
The main changes are to change the Category from B to F (it could be C as well but thought it was intended not to change the functions as such in IMS),

Removed "Originating" that was added in section 4.3.5 
Updated in few places to add IMS Network for clarity purposes.
Tom (Lucent):
Shabnam, I am OK with most of your changes, but the place where you removed "originating" from 4.3.5 would seem to create some ambiguity in the sentence. I assume that you are not suggesting that a notification might be sent to the terminating PSTN endpoint. If that is the case, what is wrong with making this clear?

Tom (Lucent):
Shabnam, Since I have not heard any response, I assume that you are OK with the original wording in the CR.
Shabnam (Ericsson):

Hi Tom, Sorry, missed your earlier email...
My reason for removing the "originating" was that it was not there before..but admit that it leaves the section ambiguous..
I am ok with inserting it back with this case in mind.
Ban (Motorola):
Hi Shabnam and Tom,
I have a question here; why we are using the term "endpoint"? Have SA2 agreed on this term? if yes, is there a definition to it?
In my opinion, it would be better to use the term "UE" instead of "endpoint", which may sometimes require to change the formulation of the sentence!
Tom (Lucent):
Ban, The term endpoint has been used throughout 23.228 since Rel-5 to refer to one end of the session. It is in many of the flow descriptions. So if we are to disallow its use, we will need to make a lot of changes. It seems to me that since the text refers to the originating endpoint of the session, it should be clear that we mean the point of the origination. Is there some other way to interpret this text?

Ban (Motorola):
Tom, Thank you for the clarification.
Your proposal of the text "originating endpoint of the session" is clear for me.

Frank (Vice Chair):

There seems to be no final revision that can be agreed.
Andy(Lucent):

Frank, Regarding S2-060102, reading the last few emails on this contribution it seemed that 102v1 was acceptable to Ericsson and Motorola, so I believe that 102v1 should be marked as agreed rather than not agreed.

Frank (Vice Chair):

Andy, I my understanding another rev seems required following the discussion.

Could the people involved in that discussion please clarify.
Tom (Lucent):
Frank, All, Since I did not have a chance to put together a revised version prior to the deadline I did not object to listing this as not agreed even though it seems that we have an agreement just no revised version. I plan to bring this in again to Denver and perhaps we can agree it then.

Since I have the floor, perhaps the deadlines for revised vesions and perhaps even agreements for the next e-mail approval could be set to end of day in US Pacific time zone. As it is, the US West coast doesn't get the two full working days that the rest of he world gets to read and respond to the discussions. I also think that this is a short-coming of the current document submission deadlines where we need to submit them first thing in the morning rather than by end of day.

not agreed

	8.3
	S2-060364
	
	Loss of Coverage affecting Domain Selection
	T-Mobile
	23.206
	VCC
	approved

	8.3
	S2-060365
	
	Anchoring of CS Terminations in IMS


	Nortel, Motorola, Siemens, Telcordia, Lucent, Huawei, Varaha Systems
	23.206
	VCC
	Curt (Nokia):

Hi, I think the HSS approach is not a standardized. Therefore, I added "Based on non-standardized mechanism"... as shown below:

Based on non-standardized mechanism, the user profile in the HSS is configured such that the HSS returns an IP Multimedia Routing Number (IMRN) to the GMSC in response to the SRI query, when the call is directed to a VCC subscriber using a VCC capable terminal. The subsequent processing at the GMSC results in routing of the call to IMS

using the IMRN. Two methods may be used to ensure correlation between the IMRN and the original called party.

Provides rev1
Andy (Lucent):

Curt, I'm not sure I understand what you mean by non-standard mechanism. Surely configuration of the user profile in the HSS is out of scope of standardisation anyway so I'm not sure that the extra text adds any value. Could you indicate what the issue was that you want to address?

Curt (Nokia):

Hi, Basically, the 1st SRI response from HSS should return IMRN for routing

to IMS. If the CCCF decides to route the call to CS Domain, a 2nd SRI

(for MSRN) will be attempted. Then, how the HSS determine that this is

the SRI for MSRN and not for IMRN? 

Steve (Ericsson):

Hi Curt, I would have thought that in the 2nd case - I would have thought that

the indication of "Suppress T-CSI" would take care of that.  The GMSC

should know whether to include the "Suppress T-CSI" if it knows that the

call has arrived on a route that comes from the IMS.  This is

configuration.

Curt (Nokia):

Hi Steve, Just to be sure we are talking about the same thing. I am referring to

the "HSS directed call diversion to IMS" approach in 365. And I think you are referring to CAMEL/optimize approach which I agree.

Steve (Ericsson):

Hi Curt, Thank-you for the clarification.  In that case, please ignore my

intervention.

Kaniz (Nortel):

Curt, The issue of circular routing resulting from routing from IMS to visited CS via the GMSC is a problem shared by option 1 and 2, CAMEL based diversion and HSS based diversion as sending an SRI with a suppress T-CSI for the CAMEL solution will require GMSC enhancements. This issue was expected to be resolved by a paper on CS Terminations that Siemens withdrew due to lack of agreement among the contributing companies, but we should hopefully see it in Denver. 
Deadline for revised tdocs

John-Luc  (Telcordia):

Dear NeDS-part-1 enthusiasts, I have distributed some suggestions earlier.  However, these were not taken in into account in V1 of this document.

I have copied the suggestions (see attached e-mail) and I have prepared 365v2 accordingly.

Kaniz (Nortel):

John-Luc, These updates are fine. 

Andy (Lucent):

John-Luc, At least as far as VCC contributions are concerned my impression was that we aren't converging on a single agreeable version of 0551. Since 0373 is dependent on agreement of the flows in 0551 we may not be able to agree that one either. I haven't seen any objections to 0365v2 that you sent out and there haven't been any comments on 0364 or 0376 at all so perhaps they are OK.

Based on this, we probably don't need any more time as we have got as much agreement as we are going to get.
Any thoughts from others?
Kaniz (Nortel):

Frank, All Please accept revision 2, attached as the final version for 060365.

Frank (Vice Chair):

Kaniz, all, With this short notice it can be agreed only when the people that made comments agree by mail.
Patrice (LGE):

Hi Frank, 

regarding 365, I agree to Rev 2, or Rev 1 if Rev 2 is considered late.

Regarding 373, I agree to Rev 7 (final).
Regarding 551, I agree to Rev 12 (final), or Rev 9 if Rev 12 is 

considered late.

It is my understanding that there has not been statements against 

revisions to 365. And that the only restrictions on 373 have been 

removed by the final revision (Rev 7).

I do think though that 551 cannot be agreed, as Martin (Siemens) cannot 

accept anything above Rev 5, which I don't think is agreeable to all of 

the other involved parties (although I could live with it, I guess).
Curt (Nokia):

all, I am okay to accept the "revision 2, attached as the final version for 060365" sent out by Kaniz below.
Sašo (Nortel):
Frank, Patrice, all,

thanks Patrice for accepting 373 rev7.

Frank, since LG was the only company who had concerns with 373v6 and

accepts v7, then 373 rev7 seems to be acceptable as a final version.

regarding 365, rev2 sent out by John-Luc makes only editorial changes wrt

rev1, so we believe it should be acceptable as the final version, too.

i am writing this on behalf of Kaniz who has problems sending emails on the

reflector.
Rev2 approved


	8.3
	S2-060366
	
	CS Termination – merger of 0192, 0107, 0205
	Azaire Networks ? Siemens? NTT DoCoMo?
	
	VCC
	Martin Oettl (Siemens):

we could not reach consensus via offline discussions, 366 is withdrawn.

withdrawn

	8.3
	S2-060368
	
	Proposed text for Registration clause
	Lucent Technologies
	
	VCC
	Andy (Lucent):

All, We mentioned in the Plenary on Friday that S2-060368 was withdrawn, so that contribution should not be part of the email approval process.

withdrawn



	8.3
	S2-060373
	
	Text for Section 6.4 Domain Transfer of TS 23.206 (Part-2)
	Nortel, Siemens, NewStep
	23.206
	VCC
	Kaniz (Nortel):

Following offline approval please find attached a revised version of 373 for email approval. Below is a summary of delta between 373 and 373r1:

Section 6.4.2.1 Domain Transfer: IMS to CS domain: Remove the controversial statement “using standard SIP session modification procedures” from step 7.

Section 6.4.2.2 Domain Transfer: CS domain to IMS: Remove the controversial statement “using standard SIP session modification procedures” from step 3.

Patrice (LGE):

Hi all, here are updates to S2-060373, now rev 2.

Before describing the changes, I have a request : please use proper 

authorised tools (i.e. Visio or Word Picture) for drawing pictures in 

the technical specification. It is better for others to updates figures.

My changes:

1. Following the discussion in the meeting, I have changed "Connect" to 

"Continue". Unless there are advantages at getting "number translation" 

performed by the gsmSCF, I do not see the point of providing an IMRN, 

when the call is already directed to the CCCF. If such an advantage 

becomes useful later, we may reconsider the issue. Until then, it is 

more proper to use Continue

2. I had to update the picture because of the previous change. I have 

used the picture from 0551 as a base. It has the added advantage of 

separating the gsmSCF from the CCCF, and be in Visio format. I have also 

removed protocol names from the flows

3. I have separated steps 2-4 (well 2-3 now), as each step should have 

its own line. I hope the text I used is acceptable.

4. I have updated the note on optimisation. This optimisation requires 

the operator to have access to the VMSC.

5. There are some minor rewording & updates.

6. An editor's note has been added to remind the editor/author/anybody 

to actually update the flow using proper editing tools.

Regarding the normative/informative comment: as the flow is still very 

basic, I would prefer to have it in an informational annex (or have the 

section described as informative, until we find the content satisfactory 

for normative text). As it is always complex to change things in the 

normative sections, we may decide that "working flows" should be marked 

informative during the work, and changed to normative when we have 

consensus on the text. I agree however that it is useful and important 

to have content in the TS to base our work on.

Also, please in general, try to follow editing guidelines, including the 

use of proper tools, following proper typographic rules, etc. This is 

not a TR any more.

I may have further comments, but I want to share already these revisions.

Martin Oettl (Siemens):

All, I've aligned the handover procedure with the call origination procedure, changes:

1. gsmSCF is now seperated from the CCCF

2. Routing via S-CSCF is now shown in the figure

provides rev3
Curt (Nokia):

Hi, A question for clarification on the Note about "signalling optimizations" to the author(s):

------

2.
Origination triggers at the VMSC are detected. The VMSC sends an Initial DP message towards the gsmSCF.

3.
The gsmSCF  determines that the received message is for performing domain transfer and returns Continue, in order for the call establishment to proceed normally.

Note: Signalling optimizations may be applied to bypass the CAMEL query in steps 2 & 3 when the VMSC is under operator control.

------

I understood the CAMEL trigger is based on DP setting from O-CSI. I am not sure if the above "Signalling optimizations" can be done at all unless it is implementation specific. If so, I propose to remove it. Any comments!

Craig (Samsung):

Hi All, I am inclined to aggree with Curt. My understanding is that CAMEL will

always trigger based on O-CSI, so only the gsmSCF can determine that the

received message is for domain transfer, unless some proprietary solution is

implemented at the VMSC. Also I'm not sure that the note adds any value to

the description in any case, and its removal should not preclude the

implementation of said optimizations.

Patrice (LGE):

Hi all, I also agree with Craig & Curt. I have kept that off my revisions, as I 

did not want to deal with it concurrently with the other changes. But I 

don't remember that we normally explicitly describe proprietary 

"optimisations" in standards, so I would support the removal as well.

Curt (Nokia):

Hi all, I have removed the note in Rev4. In addition, I noticed the call-flow steps were mislabeled and step 4 was supposed to be step 5, etc. So I corrected that as well.

Kaniz (Nortel):
Curt, I'm fine with removing of the note about signaling optimization but just to answer your question, it is possible to set the IN trigger based on called party number which is the CCCF PSI DN for calls being set up for Domain Transfer to CS.

Kaniz (Nortel):

The changes are fine with a special request to the editor (Andy) to ensure consistency between the two figures and associated text (Section 6.4.2.1 and Section 6.4.2.2) as I see a couple have been introduced due to edits from different sources:

1.        The CCCF box is labeled SIP AS in the figure in Section 6.4.2.1 whereas it’s labeled CCCF in the figure in Section 6.4.2.2. Suggest labeling it CCCF AS in both.

2.        The box representing the Source Release procedure is labeled IMS Access leg Release in 6.4.2.1 but Source Access Leg Release in 6.4.2.2. Suggest labeling it either Source Access leg Release in both or IMS Access leg Release in one and CS Access leg Release in the other.

There may be others that I missed to notice.

Tom Hallin (Motorola):

All, This flow needs to be deferred until the architecture of the CCCF/gsmSCF has been agreed, the registration procedures have been defined and CS origination call flow is agreed.  This should be re-submitted to SA2#51 after these other issues have been resolved.

For example,

1) How does the UE receive the CCCF PSI DN that is used in step 1.

2) If the gsmSCF is separated from the CCCF, then there needs to be an interface between the CCCF and gsmSCF and it is the CCCF that should return the decision to Continue in step 3.  This is consistent with comments regarding S2-060551v6, where Patrice was proposing signaling between the gsmSCF and CCCF. 

Kaniz (Nortel):

Tom, The intent of the information flows or any other content being submitted for this version of TS is to establish a baseline to help creation of future contributions. The content for the Architecture and Registration sections have not been agreed yet and it’s hard to forecast when an agreement will be reached on these; furthermore, detailing the information flows is deemed a necessary step in finalizing the architecture. Deferring any content that we all mutually agree on till these sections are ready is only going to delay the completion of the spec; I therefore suggest that we discuss an agreeable way forward for getting these flows in the TS and plan to refine the content via contributions for Denver.

I understand that you may have concerns about splitting the architecture (which I share with you), we can submit flows by either using a single box as I suggested or as two boxes joined together as Steve suggests. We can add an editor’s note to identify open issues like communication of CCCF PSI to the flows to make sure that these issues are handled at some point in time.  

Tom Hallin (Motorola):

All, I have a modified version of the contribution that combines the CCCF and gsmSCF functions in a similar manner to my proposal for S2-060551v7.  I have also added in some FFS statements to cover areas that are not yet complete.
While I think these contributions are being inserted into the specification before some of the basic issues have not been resolved, I am willing to accept this now (with my modifications), but we need to be agreeable to change these flows once some of the other architectural details have been resolved.
Provides re5
Craig (Samsung):

I share Kaniz's concern about deferring content, and believe it is desirable to get some text into the spec that we can use as a baseline for future contributions. In the spirit of compromise could we not keep the text as it stands in S2-060373r4, but show gsmSCF and CCCF in a single box, or as two boxes joined together. 

Andy (Lucent):

All, If we can agree on not yet separating the gsmSCF and CCCF (which requires careful study, after all) then it would seem that we should be able to agree 0551v7 (or a version showing gsmSCF and CCCF in a single box) and also something like 0373r5.

It would be a pity not to get these documents in as a baseline, especially if we were to reject them based on a possible functional split that has yet to be studied.

Martin Oettl (Siemens):

Andy, All, Why should we make the effort to implement the gsmSCF into the CCCF, if we can avoid it?

I can accept revision 4 sent out by Curt yesterday.
Andy (Lucent):

Martin, We're not talking about implementations here, but standards. If we start from the point that there is no reference point defined between them then from a standards point of view they could be drawn as separate boxes or as a single box and implementors can decide on the physical separation for themselves, but maybe there is a terminology issue here.

Previously you had indicated you were happy with revision 5, sent by Bob. Have you changed position and would prefer revision 4 sent by Curt? I just wanted to double-check your position.

Andy (Lucent):

All, Sorry, I confused 373 revision 4 with an earlier email from Martin supporting 551 revision 5 ...

Kaniz (Nortel):

All,  I have abstracted the CS Origination procedure in the Domain Transfer flows in attached revision (rev6) so that any changes to the CS Originations procedures are reflected only in the CS Origination section without impacting the Domain Transfer flows. 

Please let me know if this is an agreeable way forward.
Steve (Ericsson):

Hello Kaniz, All, I have a late question on this - in the flows the PSI address comes from the UE in the SETUP message.  Instead, could the "PSI" come from the response in the CAP message in the same as the setup?
Bob Beeson (Lucent):
Lucent objects to text and diagrams showing the gsmSCF and CCCF being combined.  We, too, are interested in progressing the work, but have too often been stung by "we have agreed..." when in fact we have done so merely to progress work.
The technical argument for splitting the function is this:  With a split function, a single number may be used by all subscribers to access the gsmSCF, it is able to locate the subscriber based on the calling party.  With a combined function, it would appear that unique numbers are required, as a VCC subscriber would consume two numbers instead of one.  In a number exhaust environment, that is unacceptable.
Kaniz (Nortel):

A PSI DN is required in the Setup message to help the CCCF associate the request with the user and possibly the session being requested for domain transfer in case of distributed model. Alternatively, a generic DN could be used in the Setup message with the CAP message replacing it with the user/session specific PSI.

Tom Hallin (Motorola):

Bob, I don't understand which 2 numbers you are referring to. The gsmSCF/CCCF has a unique MSISDN, passed to the VMSC in the VLR, which is used by the gsmSSF to route the Initial DP message.  There is no reason why this would be different if the functions are split.  The CCCF has a pool of IMRN (which map to PSI's) which it passes out via the gsmSCF/CCCF for CS domain originations or via, as yet, undetermined mechanisms for call transfer.  The VCC subscriber is assigned only a single number in all the versions of the call flows being discussed.

Patrice (LGE):

Hi all, between the very low speed internet connection provided by the 3GPP 

Adhoc (and the short deadline that prevents me from connecting from work 

tomorrow) and the "low quality" (to be PC) Microsoft mail server my 

company uses, I'm pretty sure I've lost some incoming mails, so sorry if 

I don't take in account all your responses.

I don't like Rev 6 because I don't think we rely on the same sequence as 

CS origination, especially, I believe the gsmSCF would NOT return a 

Connect, as we're dialling the CCCF number, not any B-party number, so 

the case is different (and by the way, why using some weird tool for 

drawings again ?).

I don't like Rev 5 as it says the CCCF *is* the gsmSCF, and I think it 

is too much to ask ("acting" is the offending word here).

So, I would agree to Rev 4 (only) for 060373.
Deadline for revisions

Steve (Ericsson):

Hi Kaniz, All, Perhaps this aspect is something that we should consider further in SA2#51.  I was thinking that going for the latter approach could avoide the need of information transfer between the UE and CCCF prior to the domain transfer.  This isn't an objection to approval though.
Kaniz (Nortel):

Resending as I don't see the original email on the reflector........

Provides rev7

Kaniz (Nortel):

Patrice, Would you be happy with rev 6 if we add, the following in Step 2:

"The CCCF PSI DN, being a service DN is treated specially in the CS network when determining routing to IMS."

Attached is revision 7 with these changes.

BTW, diagrams are in Microsoft Word object format and directly editable using Word. I do it all the time :-)
Patrice (LGE):

Hi Kaniz, all,
I would hate to be blocking a document when we have little progress 

otherwise. I can't say I'm most pleased with Rev 7, but it is leaving 

some of the controversial issues aside for later discussion, so I can 

live with it :)
So I agree to Rev 7.

... and thanks for the effort !
Some minor points (apart from the pictures, see below): there seems to 

be some trouble with the automatic step numbering (the text for step 1 

appears for me before "1." which is an otherwise empty line). Probably 

one of those weird Word bugs. The other one is that the note in step 7 

should say "steps 6 and 7", not 7 and 8. I trust the editor for fixing 

these :)

Regards, Patrice, back to the office before the deadline !

PS: regarding the picture, I still have trouble seeing them correctly 

and doing any meaningful work with them. I am quite used to the word 

picture tool (pictures should be inserted using the "Insert > Object..." 

menu, and then select Microsoft Word Picture). I guess you may be using 

Word 2003 or over maybe (I'm still using Word 2000)... probably that 

Microsoft has made yet another incompatible change to the Word .doc 

format then... I don't know how to resolve this :(

Kaniz (Nortel):

Frank, All, Please accept revision 7, attached, as the final version for 060373. Version 4 is not acceptable to Motorola and Version 5 not acceptable to LGE. LGE has a comment on version 6 which has been incorporated in verion 7. 

Hopefully this is an agreeable way forward to all.
Andy (Lucent):

John-Luc, At least as far as VCC contributions are concerned my impression was that we aren't converging on a single agreeable version of 0551. Since 0373 is dependent on agreement of the flows in 0551 we may not be able to agree that one either. I haven't seen any objections to 0365v2 that you sent out and there haven't been any comments on 0364 or 0376 at all so perhaps they are OK.

Based on this, we probably don't need any more time as we have got as much agreement as we are going to get.
Any thoughts from others?

Patrice (LGE):

Hi Frank, 

regarding 365, I agree to Rev 2, or Rev 1 if Rev 2 is considered late.

Regarding 373, I agree to Rev 7 (final).
Regarding 551, I agree to Rev 12 (final), or Rev 9 if Rev 12 is 

considered late.

It is my understanding that there has not been statements against 

revisions to 365. And that the only restrictions on 373 have been 

removed by the final revision (Rev 7).

I do think though that 551 cannot be agreed, as Martin (Siemens) cannot 

accept anything above Rev 5, which I don't think is agreeable to all of 

the other involved parties (although I could live with it, I guess).
Tom Hallin (Motorola):

Frank, All, Motorola will accept version 7.

Curt (Nokia):

All, Nokia is okay with this version [7] as well.

Sašo (Nortel):
Frank, Patrice, all,

thanks Patrice for accepting 373 rev7.

Frank, since LG was the only company who had concerns with 373v6 and

accepts v7, then 373 rev7 seems to be acceptable as a final version.

regarding 365, rev2 sent out by John-Luc makes only editorial changes wrt

rev1, so we believe it should be acceptable as the final version, too.

i am writing this on behalf of Kaniz who has problems sending emails on the

reflector.

Frank (Vice Chair):

What about Bob's comment on 373. Is it considered ?

Andy wrote some summery (17:03 CET) that 373 depends on 551 ?

Kaniz (Nortel):

Frank, Bob’s comment on 373 was actually on the discussion related to 551 which sort of carried into discussion for 373 because details of CS origination procedures were originally repeated in 373. I have removed the details of CS Origination procedures from 373 as of revision 6, so 551 and 373 are not coupled anymore. On Andy’s comment in his summary (17:03 CET); rev 6 of 373 removes the dependency on 551 and takes the controversial issues out as Patrice had suggested earlier. Rev 7 of 373 adds a single sentence to rev 7 to help address Patrice comment on rev 6; in short there is no dependency of 377 revision 7 on 551.
Robert Beeson (Lucent):

Frank, Despite the last minute flurry of acquiesence on 373, my comment still stands.  Further, the architectural issues that impact the acceptance of 551 also impact, to some degree, 373.  I concur with your initial analysis that due to the large number of revisions, it would be better to revisit this in Denver.  To that end, we will be initating a dialog on the architectural issues.

Kaniz (Nortel):

Bob, Looking at your comment, quoted below, it seems very specific to CS origination anchoring as domain transfers procedures do not make use of gsmSCF at all and, as has been agreed by all of us, are solely executed in the SIP AS we all have been calling CCCF.  Can you please help me understand how it impacts 377 with all the details of CS Originations abstracted out?

“Lucent objects to text and diagrams showing the gsmSCF and CCCF being combined.  We, too, are interested in progressing the work, but have too often been stung by "we have agreed..." when in fact we have done so merely to progress work.
The technical argument for splitting the function is this:  With a split function, a single number may be used by all subscribers to access the gsmSCF, it is able to locate the subscriber based on the calling party.  With a combined function, it would appear that unique numbers are required, as a VCC subscriber would consume two numbers instead of one.  In a number exhaust environment, that is unacceptable.
Frank Mademann (SA2 Vice Chair):

Dear Bob, On my question whether Lucent's comments are considered I got an answer (not from Lucent) that the latest rev of 373 takes it somehow into account or has no longer the problematic part.

As the time was quite short for comments I will change the approval status in case you see a need for this.

Bob (Lucent):

Frank, My comment still stands.  I do not agree that the architectural issues were solved in this contribution.  If, before or during the Denver meeting, there is agreement to use this, it should be no problem to reintroduce it.

not approved 


	8.3
	S2-060376
	
	Some VCC Definitions related to Domain Transfer procedures
	Nortel, Huawei


	23.206
	VCC
	approved

	8.4
	S2-060407
	LS out
	Reply LS on “NASS providing location to IMS”
	SA2 WG2 (Lucent)
	
	
	Stephen (Qualcomm):
Hi Bob and others involved with IMS Emergency Calls
I believe the LS in S2-060407 should be revised to address the following ambiguities in some of the questions to TISPAN.
1.      Q1 – this seems to request TISPAN to include 2 separate capabilities in their spec.s: usage of DHCP by a UE to retrieve location information from the access network and transfer of location information within the pidf-lo object (presumably implicitly within the SIP INVITE). The 2 methods do not correspond one to one, since 23.167 defines DHCP as just one optional method for obtaining location, meaning transfer of a pidf-lo would be possible if the UE had obtained location information using another method (e.g. if the UE had a previous recent location). If the LS is really asking TISPAN to include both capabilities in their spec.s, then this clarification should be included. For example, the LS could ask “SA2 would like to know if TISPAN also consider the DHCP method as a viable option for obtaining location and use of the pidf-lo as a viable option for passing location in the emergency invite to the IMS, and would include both methods in their specifications. TISPAN should be aware that 3GPP enables methods other than DHCP to be used by a UE to obtain location prior to transfer using the pidf-lo. Hence the 2 methods should not be considered as necessarily matching one to one.” 

2.       Q2 – the phrase “it would be helpful” is questionable for the following reasons: 

a.      The PLMN (e.g. E-CSCF or LRF) will probably still have to support PSAP routing (location to PSAP URI conversion) for geographic areas with overlapping coverage to FBI (fixed broadband) for access using GPRS and possibly WLANs (and also for cases where the NASS does not provide any routing information). So support of PSAP routing information by the NASS for FBI would be duplication of functionality whose main benefit would be to reduce resource usage and delay in the PLMN (but not necessarily provide missing capability).
b.      There may well be inconsistency between the NASS routing database and the one used by the PLMN. That is particularly likely in a PSAP border area. The consequence of that could be that 2 emergency calls made at the same location, one using FBI and the other GPRS or possibly WLAN, would generally be routed to different PSAPs. For the sake of consistency, it might be preferred to use a single database – e.g. the one accessed by or contained within the PLMN.
c.      There may also be routing inconsistency for FBI depending on whether location is obtained by (say) DHCP, when PLMN routing would be used, or whether the PLMN accesses the NASS for location and routing information.
d.      The TISPAN e2 interface and thus the capability may be regional in scope – e.g. not support North American PSAP routing requirements. With an appropriate e2 interface, all regions could be supported but then the impacts of adding this capability seem to increase.
In the light of this, are you still certain that “it would be helpful” for “TISPAN to consider this and include this in their specification” or merely that (e.g.) “it might be helpful” (bearing in mind that support of this within TISPAN presumably carries a cost penalty for someone!). In the latter case, besides changing “would” to “might”, it would also be useful to change the last sentence to (e.g.): “SA2 kindly asks TISPAN to consider including this in their specification” (which is less stringent than the current request). However, if there is now significant doubt, it might be better to remove this request altogether and reconsider later to avoid imposing what may become an unnecessary requirement. As I missed the discussion of this in Budapest, I will let those who were present be the final judge. If the request is removed now, it could still be reinstated later, perhaps with more definite and precise information.
3.      Q3: it might be useful to clarify what is meant by the term “requirement” here. For example, are we asking to TISPAN to clarify regulatory, technical or service related requirements? Perhaps it would be better to say something like “but is there a requirement (technical, regulatory, service related or otherwise) to also support calls from an IMS network to an ISDN-connected PSAP?”.  This may help elicit a more precise response.
Kind Regards
Steve (Ericsson):

Dear Steve, Bob, All, I think that you raise some good points on S2-060407 - and in addition, there was not a lot of discussion on the contents of this LS so it is good to give it consideration during the email approval process.  Based on your points, and my own thoughts, I have tried to re-word this to be a bit more neutral.
I re-worded Q2 to more ask TISPAN whether they have considered where that functionality (mapping of location to PSAP address) could be placed in a Fixed broadband access?
I have deleted 4 as I think that is a stage 3 issue and shouldn't come from SA2.
I have re-worded 5 to be more open to where the queiry for the location comes from as I believe we have not decided that.
Please find S2-060407R1 attatched.
Rainer (Siemens):
Steve, all, could anybody clarify what "In the case of a network having to support geographically dispersed PSAP’s, the network would include knowledge of an appropriate address of the PSAP" means? Where is this information provided (e.g., INVITE and IAM) and for what purpose?

Steve (Ericsson):

Hi Rainer, All, My understanding was that this was to cover the case where, based upon location, it is required to route towards a certain PSAP depending on the location of the subscribers.  I was assuming that would result in a specific destination address that would be included in the INVITE and eventually in the IAM.  The earlier wording suggested that "mapping" could be in the NASS - I wanted to leave it open for TISPAN to comment on where they felt it should be in the TISPAN based systems.
does that clarify your question?  I am certainly open to clearer wording.
Rainer (Siemens):

Hi, in this case I would propose the following Rev2.

Curt (Nokia):

Just editorial change:

From: SA2 kindly asks TISPAN to whether this information is considered

to be stored within the NASS or in other areas within the TISPAN

architecture

To: SA2 kindly asks TISPAN to indicate whether this information is

considered to be stored within the NASS or in other areas within the

TISPAN architecture?

SA3 to SA2

remove NAF3

provides rev3
Bob (Lucent):
Lucent agrees to the modifications.
Thanks, Rainer

Stephen (Qualcomm):

Hi All, While not ideal (but then this was only a 24 hour series of changes),

Qualcomm can agree both the R2 and (preferred) more grammatical R3

version. It would be useful to include the latest revised 23.167 if that

is allowed and this will be ready. There will anyway probably be some

follow ups, but that might reduce this to some degree.

Steve (Ericsson):

Dear All, I am also fine with R3.
Deadline for revisions

Ban (Motorola):

Another try before the deadline!

-----Original Message-----

Hi All, I have made just few "editorials", please see attached file. Changes are

marked with Yellow.

Apologies for the late comment.
Ban (Motorola):

Hi All, I have made just few "editorials", please see attached file. Changes are

marked with Yellow.

Apologies for the late comment.

[sent 14:40 received 18:39 CET]

Frank (Vice Chair):

Rev3 is approved as time was to short to comment on rev4. First ver4 was received 30 min before final deadline and almost 24h after deadline for revisions. As the differences are a few editorials rev3 should be acceptable.

rev3 approved


	8.4
	S2-060408
	
	Emergency Session Establishment in the home network
	Nokia, LG Electronics
	
	
	Stephen (Qualcomm):

Hi to All those involved in IMS Emergency Calls

S2-060408 seems not completely consistent with the agreed CRs in S2-060415 and S2-060416. Specifically, the latter define an optional capability to obtain UE location using a separate LRF entity whereas the former implies that obtaining or determining UE location may only be a function of the E-CSCF. This apparent inconsistency can be resolved by the following type of change (3rd bullet from end of 7.3) or something similar to this: “Based on local policy, it may invoke an external function (RDF or LRF) to determine the proper PSAP destination and/or UE location”.
Curt (Nokia):

HI Stephen, all, I recalled during the meeting there was a comment that location

interface from E-CSCF or P-CSCF is till up in the air, thus, we remove

the reference toward the location query at this time. However, to be

consistent with other accepted contributions, I like your propose

wording.

In this revision1, I also moved the editor's note about the location

interface...FFS under the new wordings.
Stephen (Qualcomm):

Hi Curt, all, This revision is fine and acceptable.

rev1 approved


	8.4
	S2-060409
	
	Emergency Session Establishment without Registration
	Nokia
	
	
	Stephen (Qualcomm):

Hi to All involved in IMS Emergency Calls

In S2-060409 is it really correct to state that “UE shall not reattempt the “anonymous user” emergency session again via the same network” following the sentence “Based on local policy, the P-CSCF may reject “anonymous user” emergency session establishment with appropriate error code”? Typically the same network (e.g. UMTS or GSM) would be supporting both CS and PS domains and the same network operator might be supporting the PS domain using different IP-CANs. The first statement could then prevent legitimate transfer of domain and IP-CAN. Maybe a better statement would be “UE shall not reattempt the “anonymous user” emergency session again via the same network and same IP-CAN”.
Steve (Ericsson):

Dear Steve, All, I would like to seek clarification on what you mean by "The first statement could then prevent legitimate transfer of domain and IP-CAN."  My understanding of the intention of the text is that if a UE "without sufficient credentials" (e.g. without a SIM card) attempts to make an emergency call that should be rejected in some countries - and the terminal should not attempt it again.
There is the other case, for both a terminal with sufficient credentials and without sufficient credentials, where the network operator may prefer that the emergency call is redirected to the CS domain.  Is this the case you were thinking of?
Curt (Nokia):

Hi all I am also not sure what the "...legitimate transfer of domain and

IP-CAN."  is referring to either.

if the IMS network decided not to allow anonymous emergency session

(based on local policy) then it would reject anonymous emergency session

request regardless which IP-CAN the session is coming from.
Stephen (Qualcomm):

Hi Steve, Curt and others

These questions get to the heart of the issue and I don't pretend to

have the answers. But consider these possibilities for an emergency call

made without sufficient credentials.

1. Call is not allowed (or support is not mandated) over a whole

country: in this case, it would not make sense to retry the call in a

different network. Retry in the CS domain would depend on whether

support is mandated (it might be assumed that local regulations would

eventually align for CS and PS modes so the call should perhaps not be

retried).

2. Call is not supported by a particular operator: in this case the call

can be retried using another operator (CS or PS domain).

3. Call is not supported in the PS domain by a particular operator: the

call can be retried either using the CS domain or via the PS domain for

another operator. This seems to be the case assumed by the current text.

4. Call is not supported in a particular IP-CAN (e.g. GPRS over WCDMA)

for a particular operator: the call can be retried in the CS domain,

using a different operator or using a different IP-CAN for the same

operator.

Case (4) provides the narrowest restriction and was the one assumed for

the suggested wording change. It is the safest in the sense that the

call should eventually succeed if allowed by at least one available

network but it is also the least efficient (and has highest delay) if

any of the other cases apply. A better policy might be to inform the UE

about the retry possibilities using the error code or via a redirect.

There is also the issue of the call reaching the IMS in the first place

since that implies that the IP-CAN allowed IP connectivity without

authentication and with awareness (probably) of usage for an emergency

call. It might be better to have the IP-CAN reject the access attempt to

reduce delay (as already suggested in this CR) - but the issue of where

the UE is allowed to retry will still arise. In fact, this case will be

the most ambiguous because case (4) will be all the more relevant (if

the IMS rejects the call it may or may not do so based on IP-CAN

access).

This is now looking more like an FFS item than one that we can

confidently resolved right now. This suggests expanding the editor's

note to say (for example): "Editor's note: For anonymous user that is

not allowed to make emergency session establishment, should this

checking be done by the access network and not in the P-CSCF level?

Should the network (P-CSCF or IP-CAN) indicate to the user where it may

be allowed to retry the call? If not, what would be the best retry

action for the UE? FFS"
Stephen (Qualcomm):

Hi Curt, Steve, All, As it seems that time has run out for any revision, it is acceptable to

us to approve S2-060409 and work on this issue in future meetings (since

this is now seen to be FFS).

approved


	7.4.1.2
	S2-060432
	DISCUSSION
	Discussion of Inter-MME mobility in LTE-Idle
	Lucent Technologies
	-
	SAE
	Lan (Kyle) Liu (Huawei):

Dear, all, In the step 10 of the last page in S2-060432, an IASA re-selection

procedure is described. However, I think if this step is required, that

will indicate that the route update procedure is required, and also an

IP allocation procedure may be required. Therefore, it may need a quite

long time for the re-registration, which may be unacceptable comparing

with a TA update procedure. So, I propose that it is FFS whether the IP

address re-allocation and IASA re-selection procedure exist in UE re-registration procedure.

Alessio (Lucent):

Dear Kyle, The Re-registration procedure shown in 432 applies to many different cases and in many of them there are no particular time constraints for it to complete. 

Please also note that the IP address allocation is necessary as otherwise the UE would not have IP connectivity. How fast this allocation will be is dependent on the choices which will be taken down the road when the mechanisms/solutions will be specified with more detail. 

Please also note that step 10 clearly defines that the mechanisms is FFS and step 11 concludes remarking "The user plane establishment is initiated by the UE or by the MME/UPE, which is FFS". So both steps imply that there is still more work to be done (as in the Normal registration case) to finalize the description of the procedure.

Keeping in mind this is still a TR and that the specification phase will delve into more details specific to each case when the Network initiated Re-registration procedure is used,

Can this contribution as is be accepted? If this is still not acceptable to you, could you please provide text which would be acceptable to you? Thanks!

Alessio (Lucent):

Hello, Taking into account the deadline for revised versions is today and that our colleagues from China may not see my messages until tomorrow, I would like to submit revised version of 432 with a couple of Editor's notes sprinkled in steps 11 and 10 to (hopefully!) match the requests from Kyle. Hopefully either the original 432 or 432rev 1 can be accepted.
Lan (Kyle) Liu (Huawei):

Dear Alessio, Sorry to reply you late. I have checked your first revision. However, I

still think it's better to add a note at the end of the whole flow that

"Note: It is FFS whether the IP re-allocation procedure and IASA

re-selection procedure exist." 

Please find the attached rev2, hope you can accept it.
Frank (Siemens):

Dear Lan Liu and Alessio, The text proposes by Lan Liu could be misunderstood.

Instead I would propose follwing text for the note as in the attached rev3:

"Note: It is FFS whether the re-attach procedure includes IP address re-allocation and Inter AS Anchor re-selection or whether the UE does not change IP address and Inter AS Anchor during re-attach procedure."
Alessio (Lucent):

Frank, We do like this one. 

We accept 432rev3 (which is attached).

Lan (Kyle) Liu (Huawei):

Dear Frank, Alessio, and others,

Revision 3 looks better.

rev3 approved


	8.2
	S2-060437
	CR
	Distribution of the information of the Identifiers grouped by service profile
	Ericsson
	23.228
	Rel-7
	Balazs (Nokia):

Dear all, Regarding 437, the current text in the revised CR seems to now have 2

options described. I think we should conclude on a single means to

achieve this functionality, as optionality might cause inconsistency in

system behaviour. 

In 437 it seems to be possible to have the aliases configured in both

the AS and the UE, and dstributing this infor from both places. I'm

wondering what happens if the information configured in the UE and in

the HSS conflict, thereby providing 2 conflicting sets of groupping

information to the AS.

One possibility is to continue the discussions in Denver, and conclude

on a single means to populate the network and the UE with groupping

info.

Rainer (Siemens):

Balazs, is this a formal rejection of the CR in its current form?

Rainer (Siemens):

Balazs, Steve, all, there seem to be some misunderstanding on the intention of this CR. As this is a crucial point wrt interworking and backward compat., I can not accept the CR this time and propose to come back to this issue at the Denver meeting. We should discuss the possible way forward before the next meeting.
not agreed


	8.2
	S2-060438
	CR
	Clarification of grouping Public User Identities made available to UE
	Huawei
	23.228
	
	Shabnam (Ericsson):

Hello all, Please find a revised version1 of document 438. 
Main changes are to update the cover sheet, then remove changes in section 4.3.3.2 as we have another CR that clarifies the alias grouping function further.

Section 4.3.3.4 is updated to reflect the drafting group agreement of what to change. 
Zhu (Huawei):

Dear Shabnam and all,  It seems some problem when I attach the revised doc. Now I resend it.

Provides rev2
Tom (Lucent):
Shabnam, I think your change might introduce some confusion regarding the definition of Implicit Registration Sets. I would propose the attached revision. It also includes a couple of typo corrections.
Zhu (Huawei):

Dear Shabnam, Regarding your revision, I have some doubt with it:

   1) In the current specificatoin we did not clearly describe whether the change of service configuration means same to the other public user identity in the same "alias" public user identity. So we want to clarify it. I do not know which contribution are you mean that clarify it further, can you point it out? 

   2)To the second modification, i think that IMPU2 and IMPU3 can not be in the same implicit registration set. This was due to the below description which can be found in section 5.2.1a.0
    "All Public User Identities of an Implicit Registration set must be associated to the same Private User Identities. See figure 5.0d for the detailed relationship between the public and private user entities within an Implicit Registration set."

     IMPU1 and IMPU2 are belong to different IMPI. So it can not be in the same implic registration set.

    3)Based on your suggestion, I modify the contribution.Thansk for you correction.

Tom (Lucent):

Zhu, All,

It seems that my comments on Shabnam's proposal crossed in transmission with your comments. I withdraw my proposed Rev-2.

Shabnam (Ericsson):

Hi, Agree with your changes, but the wording needs to be fixed a bit. 
I was referring to contribution 437 regarding the service configuration, I don't think the change you have is needed as the first sentence in the paragraph already makes the link as well. 

The last sentence should be worded as follows: 
"The Public User Identity-2 and Public User Identity-3 may belong to the same alias public user identity group depending on whether they have same service configuration for each and every service as described in subclause 4.3.3.2  ."

I will let you provide the version 3 if these are acceptable to you. 

Zhu (Huawei):

Dear Shabnam,

  1)I read the contribution 437, it does not describe whether the change the service configurtion means to all. Here we just want to make it more clear. We can provide two version, one version( V4 ) with the clarification, other( V3 ) do not have clarification. We can let others choose which version they would like.

  2)To the second modification, I can accpet. Thanks for you correction.

  3)Also due to the change I modify the related description on the cover sheet. 

Rainer (Siemens):

Hi Zhu, I cannot see a difference between your v3 and v4 regarding the text below the Figure, but both proposals are ok from my side.

Zhu (Huawei):

Hi Rainer,  The difference between V3 and V4 are not on the description below the figure. The V3 version do not change on the section 4.3.3.2. The V4 version do the change on the section 4.3.3.2.  Hope this time can make it clear to you.
Rainer (Siemens):

Sorry, I can not see the changes in 4.3.3.2 on my PC due to the color of the changed text. In this case I prefer to have v3 and not v4.

Shabnam (Ericsson):

Hi, I also prefer V3.

Since 4.3.3.2 is not being affected, it would be better to remove the section completely from the CR, otherwise the confusion continues.

Zhu (Huawei):

Hi all, As Shabnam mendioned below,the section 4.3.3.2 is not changed. We removed it from the CR,to make it more clear. We also delete some editorial mark in the cover sheet. This is an editorial change, we do not change the meaning of the CR.

Provides a second rev3?
second rev3 approved


	8.2
	S2-060439
	CR
	S-CSCF reselection and failure recovery changes
	Lucent Technologies
	23.228
	
	approved

	8.2
	S2-060441
	CR
	Support of local dialling plan in IMS
	Nokia
	23.228
	
	approved

	7.4
	S2-060444
	P-CR
	Harmonised mobility management: solution for inter 3GPP AS 
	Telecom Italia
	-
	SAE
	approved

	7.4.1.2
	S2-060445
	P-CR
	Harmonised mobility management: solution for Intra LTE / Inter – MME
	Telecom Italia
	-
	SAE
	approved

	8.2
	S2-060459
	CR
	Clarifications on NAT traversal
	Nortel
	23.228
	
	Peter (Ericsson):

Dear all, Please, find attached a rev1 of S2-060459 that modifies the added note to: 

"NOTE 3:        This solution (i.e. when the IMS Access Gateway determine the destination transport address on its own) assumes that the UE supports “symmetric media” i.e. it supports receiving media packets at the same address and port as it uses for sending."

That is, it is only the case when there is a NAT between the UE and the Access Gateway that require symmetric media. 
rev1 approved


	8.2
	S2-060460
	CR
	Clarification of Session modification with NAT traversal
	Huawei
	23.228
	
	David (Huawei):

Dear All, Attached is the rev1 of 060460 for email approval.
As we had an offline discussion with Siemens, Ericsson, Lucent, the detailed changes are implemented in 460.
Gyuri (Nokia):

Dear David and All, I think the rev1 is a technically correct proposal. Please find attached

an editorial update in rev2: the changes are against the current TS

instead of the oroginal CR

David (Huawei):

Hi Gyuri and All, Thank you for your comments and these changes are fine for us. So I attach the 460rev3 you have proposed.

rev3 approved


	8.2
	S2-060461
	CR
	An editorial change against TS 23.228
	Siemens
	23.228
	
	approved

	8.2
	S2-060462
	CR
	An editorial change against TS 23.228
	Siemens
	23.228
	
	approved

	7.5
	S2-060465
	
	Administration of IMS communication service identifiers
	Ericsson, Motorola
	23.816
	
	approved

	7.5
	S2-060467
	P-CR
	Amendments to requirements
	Nokia
	23.228
	
	approved

	7.5
	S2-060468
	CR
	Architectural requirements for the IMS communication identifier 
	Nokia
	23.228
	
	approved

	7.6
	S2-060471
	P-CR
	Introduction of the Telephony AS
	Ericsson
	23.818
	-
	approved

	7
	S2-060473
	CR
	Clarification of  dynamic PDP address for wild card APN
	Huawei
	23.060
	
	Huang, Hua (Huawei):

This document is missing from the e-mail approval tdocs list.

Hans  (Ericsson):

Dear all,  We have some comments regarding the 23.060 CR in S2-060473 which seem to have the same content as the original CR in S2-060234 except that it now is a Rel-7 CR.

In our opinion the change in the SDL diagrams is not fully correct. The current SDL digrams specifies faulty UE behaviour compared to what it has subscribed. The proposed CR introduces a CN error situation into the same diagram. In our opinion this is not the right place to do it. 

In general we don't have a strong opinion on this, but we don't think the CR is really needed. 
Deadline for revised tdocs

Huang,Hua (HUawei):

Dear Hans, all We provide this CR just wants to make a clarification of the relationship between Wild card APN(S) and dynamic PDP address. so far, some misundertanding are existed on it and have resulted in some interoperability problem.The descriptions of TS23.060 imply that only a PDP context with dynamic PDP address shall be activated if APN(S) = wildcard, but it is not clear enough. so we believe the first modification in this CR is needed. 

We also don't have a strong opnion to modify the SDL diagrams, but weI still have some concerns on the SDL diagrams:

1) In our understanding, this SDL diagrams here illustrate CN how to match the MS request information with subscription data, the parameters inculde PDP type, PDP address, APN and so on, so any relevant case should be included in the SDL diagrams. otherwise the procedure is not integrated. The error code of  this faulty case which is described in the original CR can reuse the exist error code,e.g. "Requested service option not subscribed（21)".

2) According to the current SDL diagrams, when the APN(S) = wildcard and PDP activation with a static IP address, the SGSN will send a request message to GGSN with Wildcard APN. this request message will be rejected by GGSN.  

the new version is based on ericsson comments . but we still hope ericsson can help to check the SDL diagrams again.

Provides rev1
Antti (Nokia):

Hi, Appologies of this late comment, but I think we should not approve this CR before we understand why these changes are needed and what we really want to clarify.

The related text in the A.1 for  APN selection rules has been there since the early days of Rel-97 why this problem came now,  I find it hard to believe that there is an interoperability problem.

Is it any clarification if we only say should be dynamic and should be rejected?

If you still wish later clarify the SDL it is better to do that before approving this CR.

rev1 is not made on top v 6.11.0 of 23.060.

Hua (Huawei):

Dear antti and all

Thank you for your comments. it seems that it is still not very clear about the reason of the change.

Yes I agree that the related text in the A.1 for APN selection rules has been there for a long time. but the restriction described in this CR is not reflected at SDL in the A.2 and is not clear enough in the A.1. 

In recently interoperability test hosted by CCSA, for the case that the UE active a PDP context with a dynamic IP address when the APN(S) = wildcard, It seems that differnet venders have different understanding on it. because the related descriptions in TS23.060 is not clear enough, so we contribute this CR to clarify it.

Maybe we need more time to come to conclusion. But I think this is a very small claification of TS23.060, I am not sure whether we can approve the CR this time or come back again next meeing after email discussion.

not agreed


	7.4.1.2
	S2-060478
	P-CR
	Inter MME/UPE mobility: generic approach
	Samsung
	23.882
	SAE
	approved


Laurence (Nortel):

	Hi all, Please find attached a rev1 for 479 in which I just changed "eNodeB" into "eUTRAN" to keep open discussion on eUTRAN internal description. This more to clarify, and should not modify the S1-flex feature description.

Gunnar Mildh (Ericsson):

Hi Laurence and others,

I support the proposed change in rev1 of S2-060479.

Lan (Kyle) Liu (Huawei):

Dear Gunnar and others, For the bullet 3 in the proposal of this paper, I think it is FFS whether the serving MME/UPE will be kept until the terminal leaves the serving area of that MME/UPE. As in some case, if the serving MME/UPE is overloaded, the serving MME/UPE might be relocated. The sentence -"The MME/UPE will be kept until the terminal leaves the serving area of that MME/UPE."- reduces the extent of load sharing and redundancy mechanism. Therefore, I propose to change the third bullet in the proposal to "The MME / UPE will be assigned to the terminal during attach to the network, and it is FFS whether the MME/UPE will be unchanged until the terminal leave the serving area of that MME / UPE." 

Please find the attached revision 2. Hope you can accept it.
Gunnar Mildh (Ericsson):

Hi, I think the proposed change in (rev 2) is good.
rev2 approved


	7.4.1.3
	S2-060482
	P-CR
	Adding load-sharing / redundancy above the cell site node
	Lucent Technologies
	23.883
	SAE
	Frank (Siemens):

Dear all, Two clarifications are proposed:

1) on forward handover definition: this handover is performed/initiated

by the UE (also shown in the reference that this tdoc adds)

2) step 5) of paging/c-plane procedure: "selection" reworded as

selection is typically used when there is no routing information

available

proposes rev1
Alessio (Lucent):

Frank, These changes are fine by us. I attach the 482rev1 you have kindly prepared.

rev1 approved


	7.4
	S2-060483
	P-CR
	Discussion on Redundancy
	China Mobile
	23.882
	SAE-
	Liu Hong (China Mobile):

Dear All, The enclosure is rev1 of S2-060483. Only a few editorial changes are proposed.   
rev1 approved


	7.4.6
	S2-060504
	
	UPE, MME and Inter-AS Anchor definitions
	Nokia
	23.882
	SAE
	Laurence (Nortel):

Hi all, In this list of functions for UPE, MME and Anchor, one MME function suggested is "FFS: Policy and Charging Enforcement Function (PCEF) based on TS 23.203". 

As MME does not contain any User Plane, I do not see Policy and Charging Enforcement function as one function for MME. Could you clarify? 

I suggest to remove it in the attached rev1. 
 

Heikki Waris (Nokia):

Hello Laurence,

Indeed there is no user plane in the MME and therefore removal of the

PCEF from the list of functions in MME is justified. I support your

revised version rev1.

Stefan (NEC):

Dear Heikki, In the current version of S2-060504 you say that "IP access service enabling functions" are only part of the UPE functionality "if the UPE allocates or relays the allocation of the IP address". This seems reasonable as long "IP access service enabling functions" are limited to IP address allocation or relaying. However, in my view "IP access services enabling functions" may potentially also include others IP related functions (e.g., packet marking, shaping, filtering, ...), which could still be provided by the UPE. Therefore, to keep the options open, I would remove the conditional sentence. 

The same is true for the IASA in my view. As a result, I would keep just "- IP access service enabling functions", for both the UPE and IASA (without the conditional sentence).

Heikki (Nokia):

Dear Stefan, Recalling that there was some hesitation to these conditionals even when this was discussed during the meeting, I think it is best to just state "FFS: IP access service enabling functions" under both UPE and Inter-AS Anchor. Please find in the attachment a revised version rev2 with these changes.

This, and the other FFSs on the lists, show that in preparation for the next meeting we should define some of the functions more clearly in order to remove remaining ambiguities.

Irfan (Motorola):

Heikki, Proposed a few changes: 

1. Changed title to state that this is allocation of functions to MME, UPE and Inter-AS anchor, as the first sentence of the par states.

2. Added function of IP HC to UPE, with the same caveat of " if no other node than ENB in RAN". (not sure if this was missed or discussed and specially left out)

3. Added function of ciphering/intergrity protection of NAS signalling to MME.

Looking at the 488 document, there are still the following functions not assigned to MME/UPE/IASA:

* content control (to UPE and IASA?)

* multicasting traffic to multiple UE. (UPE?)

These could be handled by new contributions?

Provides rev3
Gunnar (Ericsson):
Hi Irfan and Heikki, I propose to put an FFS in front of the ciphering/integrity protection of NAS signalling, since it is not sure it is a seperate function from the User Plane ciphering.
Irfan (Motorola):

Gunnar, Ok with me.
Deadline for revised tdocs

Irfan (Motorola):

All, Including doc by adding FFS in front of ciphering/intergrity protection of NAS signalling as suggested by Gunnar yesterday. Hope this is OK to all.

Provides rev4
Gunnar (Ericsson):

Hi, I think this revision (rev4) is ok.
Osok (Samsung):

Hi Irfan and all, I am sorry for the late comment. I found that there is no FFS for the

PCEF/charging function in the inter-AS anchor. To my knowledge, it is still

FFS for the location of the PCEF (i.e. UPE, inter-AS anchor, or both).
Here is the rev5 of the document. The only change is putting FFS for the

PCEF/charging function in the inter-AS anchor.
Heikki Waris (Nokia):

Dear all, It is quite obvious that we need to continue the discussion on allocations before and during the next meeting, and therefore regardless of the version that we finally approve at this point, the issue remains open.

The addition of FFSs in front of the listed functions as proposed in both rev4 and rev5, despite being relatively small changes, would not help us much in converging the views on this issue. Therefore, I would rather like to agree on rev3 for now, and start offline discussion among interested companies where we should either clarify/split the functions in such a way that they can be unambiguously allocated to MME/UPE/Anchor without FFSs, or clarify the conditions/reasons that relate to the allocation of a function that currently has an FFS in front of it.
Heikki Waris (Nokia):

Dear all, As Osok and Gunnar have not responded to my proposal for rev3, and as it seems that rev5 is ok for other companies, I would like to indicate our support for rev5. This anyway allows us to capture much of the issue in the TR, which can be used as a basis for further clarifications.

rev5 approved


	7.6
	S2-060508
	P-CR
	Baseline flow
	Ericsson
	23.818
	
	approved

	7.6
	S2-060510
	P-CR
	Indication of support for Network Requested Media Bearer
	Ericsson
	23.818
	
	approved

	7.4.1.3
	S2-060512
	P-CR
	Network Sharing aspects for a 2-node 3GPP SAE / LTE architecture
	Ericsson
	23.882
	SAE
	Stefan (NEC):

Dear all, Reading through the latest version of S2-060512 again, I just found the

following sentence (in the section on "Broadcast system information for

an SAE/LTE network"):

"In an LTE RAN which is shared by multiple Operators the broadcast

system information contains multiple PLMN-ids (one PLMN-id for each

sharing Operator), whereas in an LTE RAN it contains a single PLMN-id."

If I am not mistaken the 2nd clause (starting with "whereas") is

incomplete. Do you want to say "..., whereas in an LTE RAN that is not

shared it contains ..."? If not, I think this sentence need some

clarification. If my understanding is correct, I would actually propose

to remove it, as this should be clear even without.
Hans (Ericsson):

Dear Stefan, All, Thanks for finding that flaw. 

What I beleive was my intention with the faulty part of the sentence was to say something about non-shared networks, e.g. 

"...whereas in an LTE RAN *used by a single Operator* it contains a single PLMN-id.".

By I´m Ok with your suggestion to completely remove that second part of the sentence. It makes sence that way too.

So the second sentence in section "Broadcast system information for an SAE/LTE network" should read:

"In an LTE RAN which is shared by multiple Operators the broadcast system information contains multiple PLMN-ids (one PLMN-id for each sharing Operator).".

I suppose it is ok to use the 512 version, and with Frank adding this correction to the e-mail approval report?

Frank (vice chair)

Hans, Would you please provide a final revision as described in the last email approval status mail.

I want to have a clear status after the email approval and not the results separated into a tdoc revision and related comments in the report.
Hans (Ericsson):

Frank, A final revision1 of 512 as agreed below is attached.

rev1 approved


	7.4.1
	S2-060524
	DISCUSSION/  APPROVAL
	Inter 3GPP Access System Mobility in Idle State
	Huawei
	23.882
	
	Frank (Siemens):

Dear all, I think it was already proposed during the presentation of the tdoc that

the important part is the clarification on the need to establish an IP

bearer at a change from 2G/3G to SAE when no IP bearer exists. This is

added to the description of the procedure.

An additional flow, which is almost identical to the existing flow,

showing this potential case should not be needed. Details of this IP

bearer establishement are still to be clarified and we would have

multiple occurences in the TR that have to be modified and aligned.

A proposed revison 1 is attached.

Laurence (Nortel):

Hi all, This new text should indicate that an IP address is allocated to the UE,

the full IP bearer is not necesseraly needed as it could be better to

keep the UE in Idle mode.

When looking into the 2nd paragraph of this same section 7.5.2, it is

already written that "The SAE/LTE 3GPP Access System combines network

attach and establishment of basic IP bearer capabilities (always on),

i.e. all parameters required for a best effort IP bearer service are

allocated for the UE" so similar btext could be used.

Please find attached a revision 2 with this proposal.

Lan (Kyle) Liu (Huawei):

Hi, Frank, Laurence, and all, As I have mentioned in the meeting, although the flow in the document is quite similar with the existing one, there is an obvious difference

between the case from 2G/3G to SAE/LTE and the case from SAE/LTE to

2G/3G, also the flow is much more detailed than the original one in TR,

therefore, I think it should be better if the flow in the document can

be kept and update the original one in the TR.

Please find the attached reversion 3.

Frank (Siemens):

Dear Lan Liu, As I mentioned in my mail the number of details are the problems.

You copied the flow from the attach procedure with all FFSs. When the FFSs are clariefied for the attach then it is quite likely also usable for this potential use case at 2G/3G change to SAE.

I want to avoid discussing the same details on establishing the IP bearers under two different key issues.

Furthermore, we might also decide that the UE is always-on on 2G/3G or that the attach procedure is performed at a change from 2G/3G to SAE when no IP bearer exists.

Therefore I prefer revision 2.
Laurence (Nortel):

Hi Frank and Lan Liu, I agree that there is many FFS from the Attach procedure and that this may be redundant. Nevertheless Lan Liu additions show interaction with the Anchor needed to get the default IP bearer, this description was lacking in the previous version of the procedure.

In addition, it shows that the new IP address is provided back to the UE in last steps, i.e. after the IP address has been allocated by the Anchor, while this was not possible with previous version as interaction with the UE was done prior to interaction with the Anchor.

So I think there is a need to upadte this procedure. 

As Step 10 in this contribution appears over-complicated as it many FFS, I can suggest to simplify it with something similar to what has been requested for Tdoc 528 on same step, see step 9 of 528: ""the MME provides the AGW with information to configure the user plane. In case the UE has not already an IP bearer established in 2G, the new SAE MME initiates an IP address allocation from the AGW. The UE is now knwo in the AGW".

Step 10 of 524 could then become: "the new MME/UPE updates the route from the intersystem mobility anchor. In case the UE has not already an IP bearer established in 2G, the new SAE MME initiates an IP address allocation from the intersystem mobility anchor. The UE is now known in the intersystem mobility anchor. Mobile terminated packets arrive at the new MME/UPE."

Please find attached a revision 4 with this proposal. I hope this could help to keep interesting additions from Lan Liu and reduce the list of FFS for Frank.
Frank (Siemens):

Dear Laurence, This is just what I tried to avoid. You specify step 10 different than the corresponding step 10 of the attach procedure.

Lan (Kyle) Liu (Huawei):

Dear Frank, Laurence, and others,

I also agree with Frank's proposal. However, I still think some detailed

step in the proposal can be kept in the new TR. Anyway, since there are

still many FFS in the procedure,at this stage, it's better to keep the

original flow and only highlight the IP allocation process in the case

from 2G/3G to SAE/LTE.

Therefore, I accept the revision 2.

Again, thanks for the comments.

Frank (Siemens):

Thank you Lan Liu, This should help to keep the TR consistent and avoid the effort to coordinate similar things in different places.

Laurence (Nortel):

Frank and Lan Liu Rev 2 is also ok for me as I submitted it before ;-)

Nevertheless, I still think the flow of 524 should show how the IP address is provided back to the UE: current step 9 "Confirm registration" should be after step 10 "User Route Update" as for Attach procedure description. Maybe subject to another contribution... Right?

rev2 approved


	7.4.1
	S2-060526
	P-CR
	Alternative Mechanisms that Limit Idle State Signalling
	Siemens
	23.882
	SAE
	Heikki (Nokia):

Dear Frank, all, It seems that the current version of S2-060526 is missing a rather

significant disadvantage resulting from the assumed architecture that is

applicable for both solution alternatives, and which I have therefore

added in the attached revision1 as follows: "The LTE MME/UPE is on the

signalling and data path for 2G/3G access."

There is also some inconsistency between D.2.6.3 advantages stating that

"can be applied without modifying 2G or 3G SGSNs", and then D.2.6.4

drawbacks stating that "Some modification of the SGSN...needed to

further improve...". However, this does not require modifications.

Frank (Siemens):

Dear Heikki, I agree with your additions. However, in case MME/UPE and Inter AS Anchor are combined it is just one entity and no drawback compared to a direct connection between SGSN and Inter AS Anchor. I added a similar statement to the new drawback you have added.

We might need similar evaluations for the other approaches. But not now.

On your second comment: Yes, this is a bit tricky. It works without modifications, but the signalling reduction is higher if some SGSN modifications are performed. If URA_PCH shall be handled this is also more efficient with SGSN modifications. So it depends on preferences whether SGSN is modified or not for this approach.

Provides rev2.
rev2 approved


	7.4.1.3
	S2-060527
	DISCUSSION
	Key issue Optimized MM
	NEC, NTT DoCoMo, Motorola
	-
	SAE
	Frank (Siemens):

Dear Tamara-san, all, I would propose to remove all about "pools" and similar as the tdoc

mainly discusses whether to use inter or intra MME/UPE handover. The

same advantages/drawbacks seem to exist when there is "only one node in

the pool". "Pooling" details are better described under key issue

"redundancy/load sharing" to avoid ambiguities.

The "MME/UPE" area seems better described by "non-real-time service area

of the MME/UPE" instead of "pool area". The definition of the "SAE poool

area" seems not to fit for the second figure where the UE may move into

another pool area without the need to change MME/UPE ?

Stefan (NEC):

Dear Frank, all, I have now prepared a revised version1 of S2-060527, where I have

addressed your comments. I basically removed everything about "pools"

(incl. the definition) as this belongs to the key issue on redundancy

and load sharing. 

rev1 approved


	7.4.1.2
	S2-060528
	P-CR
	Combined SAE AGW/UPE for inter-RAT mobility procedure in IDLE
	Nortel
	23.882
	SAE
	Anders Roos (NTT DoCoMo)

Dear All,

I think that this contribution has a valid and important alternative described. However, I think that the last note in the proposed changes (the last paragraph on the proposed text, starting with “Note that the Context Transfer …..”) can be deleted. It includes the particular solution proposed by Nortel, which I think is well known anyway. Although, this is a valid solution I think that in order to keep the discussion on our meetings more focused I like to keep the alternative generic enough to capture several sub-alternatives at this point. If we keep the text we can expect to see additions to the text with additional alternatives, I also think that several companies think that this note also can be valid for alternative A, thus we’ll have discussions on that alternative as well. So to save some meetings time in the future meetings to first focus on the first alternative selection instead of moving into the sub-alternatives I like to see this paragraph deleted. With this minor modification I have nothing against having this contribution approved.

Laurence (Nortel):
Hi Anders, Our goal os to ensure backward compatibility with 2G/3G SGSNs, so with re-use of existing protocols with 2G/3G SGSN when possible
To go to a compromize for the current text in the TR, I suggest you the following change compared to the current note:
"The actual protocols to be used are FFS.  
Note that in order to maximize backward compatibility with the 2G/3G MME and 2G/3G UPE, the Context Transfer between 2G/3G MME and SAE MME could use the Gn protocol as currently used between one SGSN and another SGSN.  The user plane connection and associated signalling between 2G/3G UPE and AGW could use the Gn protocol.  The signalling between SAE MME and AGW may also be based on Gn with enhancements."
Please find attached revision1 with the above proposal
Anders (NTT DoCoMo)

Hi Laurence, I think you misunderstood my comment. I agree that minimal impact on the existing nodes is one of the balanced requirements we are working with and reusing the existing procedure/protocol for handover is a way to minimize the impact of the legacy nodes. I understand your indention (and I think everyone else is). My comment was related to that I like to focus the work to ensure progress. I don’t mind contributions stating pros and cons with the different solutions, but in this particular case I think that both Alternative A and B can use GTP and thereby minimize the impact on existing SGSN and GGSN. So I don’t think this is the place or time to start this discussion and that is why I like to remove this from this section. If you later add a comparison section between different alternatives and this is a difference I definitely think it should be included. 

Laurence (Nortel):
Hi Anders, There is similar text also under description of Alternative B in 7.8.2.3, so you would have to remove these references too :-) There is also some references to use of GTP-C and GTP-U in D1... I do not really see a problem in keeping this description but in order to speed up the discussion, I accept to remove these sentences in this Tdoc, no problem.
find attached rev2

Anders (NTT DoCoMo):

Hi Laurence, Thanks for the update, it looks good to me. I know that there are some other references in the TR, and in some cases they make sense as the solution is up against other alternatives and the protocol itself affects the solution/architecture and is important for that alternative. It might be some references already in the TR that might not need to be there, but hopefully the work will not be too negatively impacted by that.

rev2 approved


	8.3
	S2-060551
	
	Call Origination text
	NewStep Networks
	23.806
	VCC
	Rago (Newstep):

Hi, I incorporated comments from the review of 533 during the plenary; the new number for the revised version would be 551.

History of the VCC origination procedure contributions: 

· It was proposed to merge documents 197 and 199 into 369 during drafting group review 

· 369 was revised  with offline comments into 533 

· 533 is revised in 551 with Siemens, LG and Samsung comments for e-mail approval. 

Following changes are implemented in 551.

************* change 1 ***************

[Comment-Siemens] Explicit call flow showing CAMEL processing is performed by the gsmSCF associated with the CCCF. 

[551] Both SIP AS and gsmSCF are shown separately in the call flow diagram in section 6.2.1.1 

************* change 2 **************

[Comment-LG] Call flow description steps 1 & 3 in section 6.2.1.1. Indicate only voice calls originated in CS mode are anchored in the CCCF

[533] Step 1: The VCC user originates a CS call using a VCC capable UE … 

[551] Step 1: The VCC user originates a voice call in CS mode using a VCC capable UE …

[551] explicit anchoring decision procedure included in step 3 – the procedure to determine whether to anchor a given call in the IMS could include whether it’s a voice call, VCC capability of the UE, VCC subscription active, operator policy, user policy etc..

************* change 3 ***************

[Comment-Samsung] First sentence in 6.2.1.0 - Not all VCC UE initiated calls are necessarily anchored at the VCC UE. 

[533] All VCC user initiated calls from a VCC capable UE in CS domain or IMS are anchored at CCCF…

[551] In order to facilitate control of the bearer path upon domain transfer; VCC user initiated calls from a VCC capable UE in CS domain or IMS are anchored at CCCF.

Provides rev1.

Kaniz (Nortel):

Please find attached rev2 of 060551 implementing the following changes along with minor grammatical corrections:

 1.        Change the following sentence in 6.2.1.1:

The original called number along with other information required to complete the call is available to the CCCF so that it can originate a call to the remote party on behalf of the user. 

to:

 The original called number along with other information required to complete the call is communicated to the CCCF so that it can originate a call to the remote party on behalf of the user. 

 [This information is dynamic per call data *communicated* to the CCCF upon call initiation, and it is not *available* at the CCCF prior to that.]

 2.        Change the following sentence in 6.2.1.2:

The IMS originating sessions are routed to the CCCF in the home IMS

 to: 

 Originating iFC for the VCC user results in routing of the IMS originating sessions to the CCCF in the home IMS network 

 [Need to specify use of originating iFCs for invocation of CCCF for IMS originations.]

Patrice (LGE):

Hi all, please find attached my changes to S2-060551 (now rev 3).

1. added "voice" in front of calls where it is fit.

2. changed : called/calling number > called/calling party number

  Note: by the way, will the calling party number always be accessible 

to  CAMEL ? If not, please remove "calling party number" from step 8.

3. I guess it's not "CCCF PSI" that is provided to the VMSC, but rather 

a routable number in the CS domain. I changed to "CCCF PSI DN", but I 

welcome any more appropriate name

4. I updated the figure to remove protocol names

5. changed : CS Mode > CS Domain

6. updated reference to proper Rel-7 references

7. some rewording & typo corrections, as well as typography.

I may have further updates, but I want to share those already.

Martin Oettl (Siemens):

Kaniz, all,

I disagree to the modification request below:

The original called number along with other information required to complete the call is communicated to the CCCF so that it can originate a call to the remote party on behalf of the user. 

[This information is dynamic per call data *communicated* to the CCCF upon call initiation, and it is not *available* at the CCCF prior to that.]

As discussed in the plenary Friday afternoon the interconnection between the gsmSCF and the CCCF is FFS.

Andy (Lucent):

Martin,

There is a S2-060551 v3 that Patrice sent out a few minutes ago. Is it possible for you to make your changes against v3 (assuming you agree with Patrice's changes)?

Martin Oettl (Siemens):

Ragu, during Friday's afternoon plenary discussion it was clearly stated that gsmSCF and the CCCF could be combined or separated elements and the interaction between both elements is FFS.

Please find attached an update of this document, which reflects the plenary discussion including a modified diagramm.

Further it was questioned how the procedure works, if the UE is not IMS registered. I think this is also a pre-condition before an agreement on that paper can be reached.

On the TR cover sheet it is stated that there may be possible interactions with other CAMEL services for CS originating calls. We did not re-consider this issue, does this mean there are no issues? (e.g. prepaid)

Martin Oettl (Siemens):

Andy, all, I think there were no real conflicts with Patrice's revision, please find my changes now in rev4.

But again I want to raise two questions: 

1. How does the procedure work, if the UE is not IMS registered. I think this is also a pre-condition before an agreement on that paper can be reached.

2. On the TR cover sheet it is stated that there may be possible interactions with other CAMEL services for CS originating calls. We did not re-consider this issue, does this mean there are no issues? (e.g. prepaid)

Craig (Samsung):

Hi All, Please find attached one further proposed change to S2-060551 (now rev4).

1. It is the IMRN that is passed to the VMSC to enable routing towards the

user's IMS home network, so why not use the term "routing number" in the

descriptive text rather than "CCCF PSI DN".

That's all for now.

Rago (Newstep):

Hi Martin, Thanks for capturing the comments from Friday plenary.

From the list of comments from the drafting sessions it is clear that the CS origination procedure shall cater for 

a. selectively anchoring calls in the CCCF if the call can be subjected to VCC – this requires CCCF to make anchoring decision and gsmSCF to act based on the CCCF decision 

b. CCCF to correlate the session received via IMS to the gsmSCF transaction – this is necessary in order to retrieve the called party number, which could be different than the IMRN allocated by the gsmSCF 

For the above reason the current paper proposes both gsmSCF and CCCF to be associated- which implies that there is communication between the two using an undefined interface.

In order for us to separate the gsmSCF and CCCF, the interface between the two functional elements must be specified in TS23.206. 

To avoid extended work scope and to reach a way forward, I suggest we keep them together in the baseline text for CS origination and add a note “Implementation of the CCCF may choose to have the gsmSCF separated, in which case the communication between the gsmSCF and CCCF is FFS”

Re: the second comment, there is no precondition that the UE must be IMS registered during the CS mode origination. The routing of SIP session to the CCCF is based on CCCF PSI.

Re: the third comment, this contribution does not address possible interaction between the other CAMEL services and VCC. We could consider this issue a drawback of our working assumption.

Rago (Newstep):

Hi Martin, Please see my comments inline.

“I think there were no real conflicts with Patrice's revision, please find my changes now in rev4.

But again I want to raise two questions:

1. How does the procedure work, if the UE is not IMS registered. I think this is also a pre-condition before an agreement on that paper can be reached.”

[Ragu] there is no precondition that the UE must be IMS registered. I am speculating why one would think that the UE must be IMS registered:

· CCCF needs to know capability of the UE - which can be exchanged via different means other than IMS registration through an unspecified procedure at this stage of the TS 23.206. 

· The incoming session from the MGCF is routed to CCCF based on IMRN, which is treated as the CCCF PSI within the IMS. In order to be able to route the request to the SIP AS hosting CCCF PSI, IMS registration is not necessary. 

“2. On the TR cover sheet it is stated that there may be possible interactions with other CAMEL services for CS originating calls. We did not re-consider this issue, does this mean there are no issues? (e.g. prepaid)”

[Ragu] I agree that our working assumption of CAMEL does pose possible interaction issues between existing CAMEL services; which is no different than introducing a new CAMEL service in the CS network. Let’s state the assumption and move forward until we have a better procedure available.

Martin Oettl (Siemens):

Ragu, the decission made during the plenary meeting is different. GsmSCF maybe separated and the interaction between gsmSCF and the CCCF is FFS. So I'd favour to keep them separated as a baseline.

Re: the second comment, there is no precondition that the UE must be IMS registered during the CS mode origination. The routing of SIP session to the CCCF is based on CCCF PSI.

· CCCF needs to know capability of the UE - which can be exchanged via different means other than IMS registration through an unspecified procedure at this stage of the TS 23.206. 

According your proposal the CCCF needs to know the capabilities of the UEs otherwise it can't make a routing decission. But I'm wondering how this is done if there is no IMS connectivity.

Craig (Samsung):

Hi Martin, All, I don't believed the interaction with other CAMEL services issue has dissappeared. The substitution of the original called party number with the IMRN of the CCCF has to affect dialled CAMEL services triggered subsequently at the VMSC as it will act on the IMRN and not the original called party number for subsequent call processing. 
As far as your first point is concerned, whilst I believe prior IMS registration is one way to enable the CCCF to make an informed decision about whether to anchor a call, I do not think we have to agree it as a pre-condition in order that we agree the document. The mechansim for making that decision should be specified elsewhere in the document.  
Curt (Nokia):

Hi all, Regarding the CAMEL services interaction, I think the issue is

simplified now as the gsmSCF and CCCF are shown separately. In general,

camel service interaction is handled within gsmSCF and I don't see why

VCC would move that interaction outside the gsmSCF. In other words, VCC

is another application that the operator has to take into account when

designing CAMEL services for subscribers. In the example you listed

below, the gsmSCFs that are handling the DP2 and DP3 trigger would have

to be coordinated but I believe this is within the operator domain on

how they design their services.

Bob (Lucent):
Martin, all, There are two things that should be clarified.  This is a call  origination, so the step 7 should be "origination", and not "termination".  Further, since the user might not be registered, and the PSI AS always is, we should be clear (at least in the text) that these are separate functions.  Thus I have attached rev 5.
I would not be averse to clarifying this also in the call flow diagram, but I think that can wait for Denver.
Patrice (LGE):

Hi, regarding the IMRN vs "CCCF PSI DN"... My understanding is that the 

number provided to the UE and by the UE to the VMSC in the SETUP 

message, is some number which routes a call to the CCCF. Whether it 

belongs to the same pool as the IMRNs or is some other number (e.g. in 

order to make a difference between new calls and domain transfers), I 

don't really care (as long as it is properly provided to the terminal). 

I do agree though that whatever the number is, CAMEL originating DPs 

will be triggered (at least in an implementation according to standards ;) ).

I don't disagree that the CAMEL issues raised by Craig are still there. 

Probably some CT4 (ex-CT2) expertise will be needed for solving these. 

However, I would believe that interaction between VCC and e.g. prepaid 

is not really in the scope of this work.... or at least not the most 

important aspect to focus on right now. It's probably up to the gsmSCF 

to have clever scripts for solving the interactions.

On the "pre-condition on IMS registration"... I don't believe IMS 

registration is necessary *at the time of the call setup* . I agree (and 

actually think it necessary) that some kind of communication has to be 

performed between the UE and the CCCF at some point in the past in order 

for the CCCF to know that the UE is VCC-enabled. Whether this 

communication is over IMS is a separate issue (and FFS). But I don't 

believe that in any case the UE needs to be IMS registered at the time 

of the call setup.

Andy (Lucent):

Craig, I support your view on the way forward on the question of prior IMS registration. If we find at a later point (Denver?) that prior IMS registration is necessary then we can update these flows accordingly.

Regarding the interaction with CAMEL services, this was one of the issues proposed for discussion during the email exchanges at the end of last year but there was no input. I expect that there will be input at some point, but I don't think we should be complicating the email approval process with it. Perhaps if we can hold off until Thursday there could be some proposals made at that point, or alternatively invite input for Denver.

Curt (Nokia):

Hi all, With the separation of CCCF and gsmSCF, I think it is important to indicate where the IMRN is allocated. My understanding is CCCF and not gsmSCF. Pls see the modified step 3 and 4:

3.
The procedure for determining whether a given call needs to be anchored in the CCCF is explained in Section [abc] of this specification. IMRN is allocated by CCCF for anchoring.

4.
The gsmSCF responds with a Connect message including the IMRN.

Provides rev5
Andy (Lucent):

Craig, Was this based on Martin's version, sent out tend minutes before yours? I tried to check by looking at the text, but it isn't easy to see what has changed from version to version.

Craig (Samsung):

Hi Andy, Sorry for any confusion. My email was not intended to comlicate the email approval process, only to say to Martin that I didn't believe the CAMEL interaction issue had gone away. As Curt suggests in his email that may now be handled as an implementation issue not requiring standardisation. Regardless, I do not believe the issue (resolved or not) should impact the approval procedure for this document.

Craig (Samsung):

Andy, I'm afraid it wasn't as Martin's version was not in my inbox until 5 minutes

after I sent proposal. However, the offending sentence was removed in

Martin's proposed version that appears to have been the basis for Curt's

rev5 (though I note not from Bob's proposed rev5). Perhaps we need to

rationalise the revisions.

Patrice (LGE):

Hi all, in my understanding, it is even important to indicate the _information 

flow_ between the gsmSCF and CCCF (even if this interface is not 

formalised), in order to know e.g. where is the information located and 

the decisions taken.

e.g. in the previous versions of this document, depending on how it was 

read, it could be understood that the decision to anchor (or not) would 

be taken by the gsmSCF (I think it should be the CCCF).

Probably the step 3 should look like that:

          gsmSCF                          CCCF

            |                               |

-2. IDP--->|                               |

            |---3a. request anchoring------>|

            |                      [anchoring decision]

            |<--3b. provide anchoring IMRN--|

   - or -

            |<--3b. reject anchoring--------|

<-4. CON---|                               |

(i.e. left at stage 2 with procedure names, and not actual protocol 

description)

Maybe this can be left for discussion in Denver.

Kaniz (Nortel):

Martin, IMS registration is not required for exchange of UE capability with CCCF. Procedures will be specified for exchange/discovery of UE capability in the network when the UE is not IMS registered.

Rago (Newstep):

Hi Bob, Although the overall procedure is origination, Step 7 should be PSI termination as per TS 23.228, so that the I-CSCF can route to the CCCF that is hosting the CCCF PSI (which is same as the IMRN provided in step 4. My understanding is that, for the PSI routing to work there is no need to have the AS registered.  

Hence, the proposed changes are not necessary.

Rago (Newstep):

Dear All, Fixed a hanging sentence in steps 3.

We need to be clear that the IMRN is the called number that is used to route the call to IMS, due to be able to predict the called number range that can be provisioned in the HSS. Please see step 4 – “The gsmSCF responds with a Connect message with the IMRN”

Provides Rev6
Kaniz (Nortel):

I’m afraid Nortel cannot accept any revisions suggesting availability of information required at the CCCF for establishing the Remote Leg as it is dynamic per call data to be communicated to the CCCF on a per call basis; it cannot be assumed to be magically *available* at the CCCF.

Tom Hallin (Motorola):

All, I agree with Patrice.  If the architecture is going to separate the gsmSCF function out of the CCCF, then it is essential that the interface between them be specified.  The CCCF needs information that the gsmSCF receives (called party number, calling party number, other information in the dial string, etc) in order to correctly anchor the call and to send an origination to the correct destination.

On the e-mail discussion for S2-060551, I have seen 3 models: (1) the original CCCF which implicitly includes a gsmSCF function, (2) a CCCF which is shown to have 2 internal functions, the gsmSCF and a SIP AS, and (3) a gsmSCF and CCCF as two separate functions. 

Since it appears that last week's discussion was to possibly split the gsmSCF functionality from the CCCF, I think this architecture decision needs to be made before any call flows can be approved for TS23.206.  For example, if they are split, does this interface conform to the IM-SSF - gsmSCF interface specifications?  If not, does there need to be a new interface specification?  What is the impact on networks that have a gsmSCF?  Can it be reused without software/hardware modifications?

Until there is an agreement to split the functionality, the only acceptable flows would be ones that show a single CCCF, without defining implicit sub-functions.

Thus, Motorola cannot support a flow that shows separating the CCCF into a gsmSCF and SIP AS until the main architecture decision has been reached.

Kaniz (Nortel):

Nortel supports Motorola and LGE in that a discussion on the interface between the AS and gsmSCF functions of the CCCF is required before deciding on the split; we would therefore like to recommend that the flows being submitted for this version of the TS show a single box labeled CCCF with gsmSCF function implicitly embedded in it as has been the assumption thus far.

Steve (Ericsson):

Dear All, My recollection of the discussion was that some companies felt that such a communication wasn't required, but others felt that the solution for that needs to be seen first.  So - perhaps one way forward is to show the CCCF "touching" the gsmSCF (hey I am learning to pronounce it) and state that the functional devision between the CCCF and the gsmSCF is FFS.  Would such an approach be acceptable?

Curt (Nokia):

Hi all, During the drafting session last week, I think Siemens suggested that CAMEL should not be a mandated function within CCCF and I don't recall anyone objecting that as long as there is a link between that gsmSCF and CCCF. I thought we also discussed this during the plenary that we would show CCCF "touching" the gsmSCF as the way forward. Therefore, I support Ericsson suggestion below to have a statement stating "division between the CCCF and the gsmSCF is FFS"

Tom Hallin (Motorola):

I would like to propose a new flow and text where the CCCF is not broken into a CCCF and gsmSCF function.  Where needed, I have modified the text to say "the CCCF acting as a gsmSCF."  This should allow people to distinguish the gsmSCF functionality when it is being invoked.

I also undid some of the text changes that were made when the CCCF and gsmSCF functionality were split.

I am attaching my proposal as rev7.

Rago (Newstep):

Deal All, Discussions re: 373 and 551 seem to converge that there need to be exchange of information between the SIP AS and gsmSCF. The contributions do not address the functional split, nature of information shared, and the interface between gsmSCF and CCCF, etc.

Thus, it is logical to show a communication line between the entities and add a note indicating the further study of information shared between the entities.

Provides rev8
Kaniz (Nortel):

Ragu, I’m not sure if we’re ready to discuss the split and the interface between the gsmSCF and the AS functions of the CCCF. It’s best to either show these two functions coupled together or show one box with both of them embedded in it for now as detailed study on architectural and signaling performance impact of this split is required before specification of these functions showing the two as separate boxes with an interface between two boxes.

Andy (Lucent):

All, So clearly there are two proposals on the table, one to show a gsmSCF as separate and one to show that the CCCF acts as a gsmSCF.

The former approach would seem to imply that we have some intention to define a reference point between the gsmSCF and the CCCF. As Steve has said (indirectly) the definition of this reference point would depend on us deciding on a functional split between the entities and that this is FFS.

The latter approach implies that the interface between the gsmSCF and the CCCF is left to implementation to determine.

Defining a reference point between the gsmSCF and CCCF would be a fairly significant step and so would need some investigation. In order to accept this contribution (0551), would there be any objections to either showing the gsmSCF as a box "attached" to the CCCF (which I thought was the compromise proposed by Steve in the Plenary)? A note to say that a functional split between the gsmSCF and the CCCF is FFS could be added.

Tom's proposal seems roughly eqivalent to this, except that the gsmSCF isn't shown in the call flows.
Craig (Samsung):

I agree with Kaniz, and fear we will not be able to agree any text for the specification on which to base future contributions, unless we can agree a compromise with respect to gsmSCF & CCCF. For the time being it is best to identify them as separate functions, but show them linked (preferably within a single box) and to identify the association between them in the text.
Patrice (LGE):

Hi Andy, In order to progress the work, I would like to support your proposal: 

i.e. putting the gsmSCF & CCCF as side by side (showing them both, 

within a surrounding box) in the flow _for the moment_, and put a note 

describing that splitting (or merging) them is FFS (but to be solved 

before sending the TS for approval).

I don't really like the idea of hiding the gsmSCF inside the CCCF, as it 

opens for other questions, like : what would the CCCF do of the non-VCC 

related CAMEL handling ? etc. So, merging involves as much work as 

splitting, if not more.

On another topic I raised earlier: if there is rejection of the current 

flows as they are, isn't it possible to mark temporarily the section as 

"informative" while we work on the subject (also applicable for the 

domain transfer procedures, and other difficult aspects of the TS - most 

sections, from what I can see), and once we are sufficiently confident 

with the solution, remove the mark and have it normative again, before 

we submit the TS for approval. Would that ease the acceptance of text by 

the different companies ? Maybe this mark could be put by the editor, 

without having to write a specific contribution for that.

Martin Oettl (Siemens):

All, basically the interface between the CCCF and the gsmSCF is used for

1. Inform the CCCF about the calling party number, which could retrieved from the calling party address/P-Asserted Identity, therefore CAMEL should not be mandated.

2.To inform the gsmSCF whether the call shall be anchored

But how this is done in case the UE is not IMS registered is not clear to me. The UE may be required to inform the network (via USSD), rigth? But such a message could also be sent to the gsmSCF and we could use such a concept to perform anchoring in general.

3. Provisioning IMRN to route into into

This could be solved by adding a prefix (gsmSCF) and removing it at the border into IMS. No need for a direct interface between the gsmSCF and the CCCF.

Siemens could accept revision 5 sent out by Bob yesterday, but no later version. We cannot accept the second rev5 version from Curt sent out a few minutes later, because we see no need for an interface between the CCCF and the gsmSCF or mandating the gsmSCF within the CCCF.
Andy (Lucent):

Patrice, I think the issue gsmSCF issue you raise could be something that needs to be addressed, but we need to determine whether it is something that needs to be solved by standardisation or by implementations and this will obviously take some study and is dependent on contributions. My feeling is that addition of a reference point between the gsmSCF and CCCF would be a fairly significant step and so the starting point should be not to separate them now. Showing them in a single box, or adding text as Tom has suggested would be good ways forward and doesn't disallow separation as we progress.

Regaridng your suggestion to mark "difficult" flows as informative, I appreciate you looking for alternative ways forward but it has the potential to be very messy (decisions on making them normative, etc) and at this point it would seem that we are fairly near a compromise. 

Rago (Newstep):

Hi Andy, It is clear that the functional split is for further study, and also there is need to have the entities communicate. I support your proposal. Please see the attached version 9.

Rago (Newstep):

Martin, Please see my comments regarding the arguments against the communication between CCCF and gsmSCF.

All, basically the interface between the CCCF and the gsmSCF is used for

1. Inform the CCCF about the calling party number, which could retrieved from the calling party address/P-Asserted Identity, therefore CAMEL should not be mandated.

[Ragu] My understating is that the calling party number may not be delivered reliably to the MGCF trough transit networks, especially in roaming cases, therefore depending on the P-Asserted-Identity/FROM is as reliable as receiving calling number.

2.To inform the gsmSCF whether the call shall be anchored

But how this is done in case the UE is not IMS registered is not clear to me. The UE may be required to inform the network (via USSD), rigth? But such a message could also be sent to the gsmSCF and we could use such a concept to perform anchoring in general.

[Ragu] The UE capability exchange can be done through USSD, IMS registration via GPRS, or the mechanisms. Until the exact procedure is agreed upon I would not assume this is done through IMS registration, because I can see some complications between IMS registration via WLAN for PS mode and IMS registration via GPRS for CS mode with the same identity. 

Moreover, one of the preconditions/requirements of VCC is that there is no impact on CS network. Sending UE capability to a generic gsmSCF and adding VCC specific logic to the gsmSCF would violate that requirement.

3. Provisioning IMRN to route into into

This could be solved by adding a prefix (gsmSCF) and removing it at the border into IMS. No need for a direct interface between the gsmSCF and the CCCF.

[Ragu] We discussed this approach in Japan when reviewing 52698, the issue with this approach is that origination unregistered filter criteria's do not exist (for requests from MGCF) to be able to route the INVITE to the CCCF, even if the calling party number is delivered to the MGCF.

Siemens could accept revision 5 sent out by Bob yesterday, but no later version. We cannot accept the second rev5 version from Curt sent out a few minutes later, because we see no need for an interface between the CCCF and the gsmSCF or mandating the gsmSCF within the CCCF.

Martin Oettl (Siemens):

Ragu, please see below.

All, basically the interface between the CCCF and the gsmSCF is used for

1. Inform the CCCF about the calling party number, which could retrieved from the calling party address/P-Asserted Identity, therefore CAMEL should not be mandated.

[Ragu] My understating is that the calling party number may not be delivered reliably to the MGCF trough transit networks, especially in roaming cases, therefore depending on the P-Asserted-Identity/FROM is as reliable as receiving calling number.
[oe] Maybe, but this applies for the support of CAMEL in roaming networks too.

2.To inform the gsmSCF whether the call shall be anchored

But how this is done in case the UE is not IMS registered is not clear to me. The UE may be required to inform the network (via USSD), rigth? But such a message could also be sent to the gsmSCF and we could use such a concept to perform anchoring in general.

[Ragu] The UE capability exchange can be done through USSD, IMS registration via GPRS, or the mechanisms. Until the exact procedure is agreed upon I would not assume this is done through IMS registration, because I can see some complications between IMS registration via WLAN for PS mode and IMS registration via GPRS for CS mode with the same identity. 
[oe] another possibilities to inform the network about the UE VCC capability are: dialing a prefix done only by a VCC UE or indicated via bearer capapilities, (CAMEL 3 with device ID)

Registration needs an relyable mechanism for the corresponding de-regsitration, whereas informing the network on a per call basis is always correct. If the SIM is changed to a plane GSM device before de-registration, the calls of such a device would be also directed into IMS. 

Moreover, one of the preconditions/requirements of VCC is that there is no impact on CS network. Sending UE capability to a generic gsmSCF and adding VCC specific logic to the gsmSCF would violate that requirement.
[oe] What happens if the existing CS network uses CAMEL for prepaid services, that would mean we cannot use CAMEL at all.

3. Provisioning IMRN to route into into

This could be solved by adding a prefix (gsmSCF) and removing it at the border into IMS. No need for a direct interface between the gsmSCF and the CCCF.

[Ragu] We discussed this approach in Japan when reviewing 52698, the issue with this approach is that origination unregistered filter criteria's do not exist (for requests from MGCF) to be able to route the INVITE to the CCCF, even if the calling party number is delivered to the MGCF.
[oe] If they do not exist, we could define a new filter criteria. 

Siemens could accept revision 5 sent out by Bob yesterday, but no later version. We cannot accept the second rev5 version from Curt sent out a few minutes later, because we see no need for an interface between the CCCF and the gsmSCF or mandating the gsmSCF within the CCCF.

Andy (Lucent):

Martin, To summarise your email, I think you are saying that an interface between the gsmSCF and CCCF is not needed. However, you also say that we shouldn't mandate the gsmSCF within the CCCF. As far as standards is concerned, if there isn't an interface (reference point) between the two entities then I guess they can be seen as combined - from a standardisation point of view. (We don't show the gsmSSF in our flows either.) Whether they are implemented on separate platforms or not is outside our scope.

So, saying (as Tom suggests) that a CCCF acts as a gsmSCF doesn't imply any restriction on implementation architectures. To me, either making the statement that Tom proposes, or showing the gsmSCF and CCCF as separate boxes but without a defined reference point between them is pretty much the same from a standards point of view. Neither approach prevents, or leads to, definition of a reference point between them.

In summary I think (but maybe there will be further opinions) we are agreeing on the way forward but disagreeing on how to draw the diagrams.

So, is it possible for us to agree on the version 5 that Bob sent out yesterday?

Patrice (LGE):

Hi again Andy, Unfortunately, I happen not to have Bob's version anymore, with all 

those duplicated revisions... can someone make some summary of the 

different versions we're supposed to choose from ? (and if Bob can send 

me his version again, I'd be much happy).

I'm not too happy about "CCCF acting as a gsmSCF" as I believe it'll 

conflict with other CAMEL-based functionality, but it's not really my 

problem, is it ? On the other end, if we separate them, even if the 

interface is not standardised, we need to make sure that the needed 

information is at the right place at the right time (hence the 

pseudo-sequence I made in an earlier mail, that I didn't intend to have 

translated in an actual flow for now).

Maybe you should add along the lines that "the actual relation of the 

CCCF and the gsmSCF is not decided and FFS". Could ease the approval.

For future progress, seeing that there are people on both sides of the 

merging/splitting decision, can't we make the following working 

assumption (for Denver and beyond):

  - the sequences in the normative part shows the CCCF and the gsmSCF 

surrounded by a box, as it was the case in some revisions.

  - signalling goes separately to/from the CCCF and to/from the gsmSCF, 

to have clear interfaces to the other nodes (i.e. there are two lines 

going out the double-box), but no signalling between the gsmSCF and the 

CCCF.

  - when there is transfer of information needed between the two 

entities, it is shown as a descriptive box overlapping the two lines.

  - if some companies want to have a detailed information flow between 

the two entities, it could be described in an informative annex.

I believe this would cover the needs from most participating companies.

Craig (Samsung):

Hi Andy, Patrice, et al

I believe the original text of S2-060551 included the phrase "the gsmSCF

associated with the CCCF". Could that perhaps be less contentious than "the

CCCF acting as a gsmSCF"?

As far as Bob's version is concerned, the message flow showed gsmSCF and

CCCF as separate entities. That would appear to be in conflict with any

proposal stating "the CCCF acting as a gsmSCF".

I would prefer to see one box in the message flow if we are to agree on text

linking gsmSCF and CCCF.

Tom Hallin (Motorola):

All, I am unhappy with flows that show an unnamed NE that is composed of 2 named NEs.  This unnamed NE cannot be shown in the architecture drawings and the creation of reference points is difficult.  

From an architectural view, this gsmSCF - CCCF is a unique NE because there is an unspecified relationship that does not exist between any other gsmSCF and any other CCCF.  What this means architecturally is that the IMS network contains a "unnamed" NE.  The "unnamed" NE consists of a gsmSCF and a CCCF.  The internal interfaces of the "unnamed" NE are not specified.

What I thought made sense is that the "unnamed" NE is a CCCF.  The CCCF consists of a gsmSCF, a SIP-AS and a NeDS.  The internal interfaces between the gsmSCF, SIP-AS and NeDS are not specified.  Thus, one could talk about the CCCF acting as a gsmSCF or a SIP-AS or a NeDS.  Since the interfaces between them are internal, the architecture diagram would show the CCCF.  The functional description of the CCCF would include the 3 functions and the call flows would be abstracted to the CCCF level.

Martin Oettl (Siemens):

Craig, Patrice,

Bob's version 5 gives enough room for improvements. Let's discuss anchoring of originating calls more detailed in Denver.

I think Kaniz approach for the handover scenario by adding a reference towards the originating call scenario is good way forward.

Kaniz (Nortel):

All, Nortel supports Samsung and Motorola in that we’d like to see one box linking the gsmSCF and AS functions of the CCCF. It could be two boxes labeled *gsmSCF* and *CCCF AS* surrounded by an outer box or one box labeled *CCCF*.
Rago (Newstep):

Kaniz, Patrice, Craig,

Rev 9 I sent at 7:06AM EST seems to capture your comments, very closely. Can we take rev9 as the baseline?

Kaniz (Nortel):

Revision 9 should be fine if you can label the outer box as CCCF and the rename the inner box from CCCF to CCCF AS.

Deadline for revised tdocs

Tom Hallin (Motorola):

It sounds like people may want to see the CCCF's gsmSCF functionality shown separately from the CCCF's IMS-AS functionality.  If so, then I propose a slight modification to the v9 that Ragu just sent out.  Label the bigger box CCCF and show 2 internal boxes, gsmSCF and IMS-AS.  I did not change any of the text over what was in v9, just the labeling in the figure.  

While I don't see a need to separate the functionality, if this allows us to proceed, then we should do it.  Since the CCCF is a new architectural entity, that is being introduced to support VCC, how it is drawn and described is what is being specified in this TS.  

Provides rev10
Tom Hallin (Motorola):

I saw Kaniz's comment ("Revision 9 should be fine if you can label the outer box as CCCF and the rename the inner box from CCCF to CCCF AS.") after I sent this out.  Calling the AS the CCCF AS instead of IMS-AS would be acceptable to me.  Either label denotes the same thing.

Bob (Lucent):

Tom, et al, I think I have finally come to what I think the heart of the problem is.  In some views (or so I assume), the CCCF  is an independent function, which in order to work correctly, must access  (many user) data.  As such, it is always registered, and is supposed to handle all functions associated with a VCC subscriber.  At least in this architectural model, I can begin to understand where some contributions are coming from.

The Lucent view is that the CCCF (more specifically, the VCC function to handle domain transfers) for a user is an AS instantiation loaded via the iFC.  In that architecture, the CCCF is never executed until the invite has actually reached the S-CSCF assigned to the user.  Rerouting this invite is the function of the gsmSCF/AS, which we view as either being combined or with a separate, unspecified but necessary, interface.  Then, any additional routing information to go from the gsmSCF/AS to the CCCF may be passed via the ISC as a private extension.  This requires the separate AS function which we have tried to include, at least within the text in the R5 version of 551.

If we can agree that this seems to be the root cause of the differences, perhaps we can initiate a dialog on the pros and cons of each architecture.

John-Luc (Telcordia):

Hi all, I apologize for being late with the suggestions attached.

I have done an editorial clean up to increase consistency.

Main change is my attempt to be consistent when using the 'term' CCCF/gsmSCF: I have reworked the document and suggest we use "CCCF's gsmSCF" to be consistent with the figure in this Tdoc.  Also, given that we have agreed the term VCC UE, I have tried to introduce that term.  Finally, in step 3 some detail about IMS PUI was given.  I have removed that bit as it remained unclear from the rest of the flow why this detail was needed at this stage.
Provides a rev11
Kaniz (Nortel):

Bob, I agree with you in that the SIP AS performing CS origination anchoring function in association with a gsmSCF may or may not be the SIP AS performing the domain transfers which is invoked via iFC execution at the user’s S-CSCF, but didn't see it in Revision 5 of 060551 that you sent out.

Perhaps the confusion comes from the way you modified the text without modifying the diagram. I guess in your revision (text referenced below), by CCCF PSI AS you mean the SIP AS associated with the gsmSCF and by CCCF you mean the CCCF we all know about :-):

“7.           The I-CSCF routes the INVITE that is assigned to the CCCF PSI based on one of the following standard procedures specified in "PSI based Application Server origination – direct  and PSI based Application Server origination – indirect" procedures in  3GPP TS 23.228 [x]

 The CCCF PSI AS forwards the INVITE to the S-CSCF , and the S-CSCF loads the CCCF AS for the Calling Party.  The CCCF PSI AS may remove itself from the route at this point.”
I cannot accept Revision 5 because of the misalignment between the diagram and the text and because I do not agree with the last sentence in the step 7 (highlighted above) as the SIP AS has to act as a B2BUA to perform this routing; but will be happy to accept any new revisions that clearly show a gsmSCF/SIP AS combo function performing the CS origination anchoring, with the domain transfers optionally performed by the same SIP AS that performs CS origination anchoring.

Tom Hallin (Motorola):

John-Luc, I looked at your cleanup of the text and I would go a little further:

1)bullet 2, say the CCCF and not the gsmSCF is in the uesr's home network (use the higher level function here).

2) bullet 4, use just the CCCF allocates, since we are not defining internal functional breakdown of the CCCF, per the later Note. 

3) bullet 4, correct gsmSCF/CCCF to CCCF's gsmSCF to be consistent with your other changes.  Look's like you just missed this one.

4) bullet 7 & 8 and 6.2.1.2, since the text is referencing CCCF's gsmSCF earlier, then it should reference CCCF's IMS-AS where appropriate.

5) Note, the division is between the gsmSCF and IMS-AS functions in the CCCF that is FFS.  This now matches the figure.

I am attaching a version 12.  Since the document was becoming unreadable, I accepted all changes in v11 and now you can see the changes that I inserted to make v12.

Rago (Newstep):

Dear Bob, For VCC subscriber originated case the CCCF must be configured as the first AS in the chain and there can not be another AS introduced between the gsmSCF/AS and the CCCF. I do not understand the benefit of additional SIP signaling between the gsmSCF/AS and the CCCF.

Kaniz (Nortel):

Ragu, The AS performing the anchoring of CS originations presents itself as the originating user to the S-CSCF; The reason for the CCCF to be first in the originating iFC chain is to ensure that any Application Servers associated with the session are not released upon domain transfer. However, it’s perfectly fine to get this particular AS released upon domain transfer to IMS as it’s representing the CS access of the user which is released upon domain transfer to IMS anyways.

Kaniz (Nortel):

Ragu,  I understand that you may not appreciate the benefit of splitting the CS anchoring function from CCCF when you look at it from a pure VCC perspective. However, when looking at a broader scope, the AS that handles CS interworking (CS origination anchoring for this particular case) may have applicability outside of VCC in future, for example for providing IMS services to non VCC users when roaming in CS.

Perhaps it’s best if we defer this discussion till Denver to allow for better understanding and acceptance of the proposal and add CS origination flow to the TS only when we agree on the architecture. 

Rago (Newstep):

Dear Kaniz, All I understand releasing the anchoring AS will not impact the domain transfer processing. With additional signaling overhead, I do not appreciate the benefit of splitting the “anchoring” AS and the CCCF. 

Pouya Taaghol (Intel):

Dear all, Since you guys have not received enough emails on this very topic, I thought I could add one more before crashing your inbox!

I guess we are not converging on any conclusion for this contribution. I think Bob identified the heat of the problem and we should contribute on this and set a basic principle instead of revisiting this fundamental over and over again. The two schools of thoughts as Bob put them are (hope got them right):

1. Do we think CCCF should be self sufficient and comprehensive enough (as one new logical entity) to complete VCC requirements with existing CS & IMS cores?

2. Or do we think the individual functions within CCCF need to be identified and mapped to existing logical entities (gsmSCF, AS…)?

I lean more towards number 1 as I don’t think we need all the functions of existing entities (e.g. gsmSCF) to fulfill VCC requirements. The analogy I keep using is that SGSN has MAP/SS7 interface and basically the SGW function is built in but we don’t show that. It’s up to vendors how they decide to implement this. Same thing here.

Another comment: the focus of VCC is VCC. Let’s not add new requirements which would make the architecture more optimal for future evolution. Let’s finish off the basic architecture and signaling charts before we move to define the future architectures and evolution to that.

Patrice (LGE):

Hi all, for reasons described in another mail, I haven't received Rev 10 

described in Frank's email - so I cannot approve it. But I happen to 

have just received Rev 9, which is fine by me. Also, Kaniz' comment on 

renaming to CCCF & CCCF AS.

I could agree to Rev 8 otherwise, although it's probably less 

"agreeable" to others.

As a note for the editor : the protocol names (ISUP, CAP, etc.) were 

removed in an earlier revision. They have been put back. They need to be 

removed again (I guess it can be done by the editor). But that shouldn't 

stop the revision 9 from being approved.

PS: If I manage to get to Rev 10 before the deadline, I may revise my 

position.
Andy (Lucent):

Patrice, There is Rev 12 also (fairly minor clean-up of Rev 10), but both 11 and 12 were sent after the deadline, I believe. This is also be true of Rev 10 I think, so the latest version received before the deadline is Rev 9.

Hi Andy, I managed somehow to get access to Rev 12. Thanks for the info. Well, if 

  Frank is willing to bend the rules, Rev 12 is fine for me. Maybe it 

can help progress the work. However, my comment on removing protocol 

name still stands.

If not, I think Rev 9 is sufficient, and updates can be brought in 

Denver to be something alongs what Rev 12 proposes.

Martin Oettl (Siemens):

Patrice, Andy, All, we still believe that an interface between the gsmSCF and the CCCF is obsolete. In that respect all versions later than Bob's version 5 are not acceptable for us.

Sorry for repeating myself.

Craig (Samsung):

Hi Andy, I prefer rev12 as it's more concise, but I could live with rev9 if the rules

can't be bent.

Patrice (LGE):

Hi Frank, 

regarding 365, I agree to Rev 2, or Rev 1 if Rev 2 is considered late.

Regarding 373, I agree to Rev 7 (final).
Regarding 551, I agree to Rev 12 (final), or Rev 9 if Rev 12 is 

considered late.

It is my understanding that there has not been statements against 

revisions to 365. And that the only restrictions on 373 have been 

removed by the final revision (Rev 7).

I do think though that 551 cannot be agreed, as Martin (Siemens) cannot 

accept anything above Rev 5, which I don't think is agreeable to all of 

the other involved parties (although I could live with it, I guess).
not agreed


	7.2
	S2-060552
	P-CR
	Architectural requirements for CSI interworking
	Samsung
	23.819
	
	Osok (Samsung):

Dear SA2,

Please find the first revision1 of the following document.

S2-060552 Architectural requirements for CSI interworking   Samsung

The main change is 'a UE of CSI/IMS origination/termination' to 'a UE

communicating via CSI/IMS origination/termination', reflecting Qualcomm's

comments. Also a few grammatical errors were corrected.

Apostolis (Motorola):

Hi Osok, I made some editorial changes, which I believe make the text clearer. Let me know what you think.

Provides rev2.

Osok (Samsung):

Dear Apostolis, Thanks for the revision. 

I slightly modified the definition part a little bit. (with yellow box)

Provides rev3.

Apostolis (Motorola):

Dear Osok, Thank you for the response. 

One more comment...

Given the Editor's note "the case of CSI origination and IMS termination is FFS" I don't believe the following requirement is applicable: "A UE terminating an IMS session shall not need to be aware of whether this session is originated from a CS domain or an IMS domain". If we exclude CSI origination (at least for now), then a terminated IMS session cannot be originated from a CS domain.

HengLiang zhang (Huawei):

Hi Osok, Apostolis and all:
 I made several little changes based on the latest version of S2-060522. 
Please see the attached file for the detail changes. 
 Please inform me your comments for my changes.
 Thanks a lot.
Provides rev4

Peter (Ericsson):

Dear Osok and all, Here are some proposed changes for the definition part.

Provides rev4
Steve (France Telecom):

Hello, Peter, Osok, all, On the definition for the CSI termination:

"CSI termination: the case when a CS call to a UE is terminated in the CS domain, while an IMS session(s) from the same originating user is terminated in the IMS/PS domain."

My understanding is that we are trying to describe here only the termination part of the call, but the current definition seems to refer to only one type of origination (i.e. a CS call from a CSI UE). It seems to me that we can have an IMS origination and a CSI termination...

Maybe we should reomve "CS call" in the first sentence and rephrase it as:

CSI termination: the case when a call to a UE is terminated in the CS domain (i.e. for real-time component), while an IMS session(s) from the same originating user and towards the same UE is terminated in the IMS/PS domain.

I attached rev5 including this change.
Osok (Samsung):

Dear Apostolis, A call from CS domain to IMS domain will be converted to IMS session

according to the CS/IMS interworking mechanism, which is already available

in the standard. The UE in the terminating IMS side will not aware whether

it is from CS domain or IMS domain.

I agree that the requirement of "A UE terminating an IMS session shall not

need to be aware of whether this session is originated from a CS domain or

an IMS domain" is not very relevant when we exclude "the case of CSI

origination and IMS termination". There was a big discussion on this point

in the meeting, and I think that this will be one of the issues we need to

address in the next meeting. According to the conclusion in the next

meeting, we can clarify the text later.

Osok (Samsung):

Hi Steve and Peter, Thanks for the revision. 

I am happy with Rev5.

Osok (Samsung):

Hi HengLiang, Thanks for the revision. 

I do not agree with deleting the editor’s text. As you know, we discussed this in the meeting. To my memory, the agreement in the meeting was to keep the editor’s note to highlight the issue and invite discussions in the next meeting. 

rev5 approved


	7.4
	S2-060554
	P-CR
	Key issue – IP versions
	China Mobile
	23.882
	SAE
	LIU Hong (China Mobile):

Dear All,

Please find attached rev1 for S2-060554 'Mobility between IP versions'.

The sentence 'Communication between IPv4 and IPv6 terminals/servers should be supported.' is deleted. I will provide a contribution next time to describe this requirement and we can decide to use 'shall be supported' or 'allow for' in Denver.

Stefan (NEC):

Dear all, When I reviewed TDoc S2-060554 again today, I realised that the last sentence (i.e., "Communication between IPv4 and IPv6 terminals/servers should be supported.") of the changed bullet point in section 5 is redundant. The 2nd sentence already requires "interworking" between v4 and v6 terminals/servers. In my view, "interworking" already includes "communication between ...". So my proposal is to remove this last sentence.

Also, the 1st sentence added in section 7.8.1:

"The solution of mobility between different IP version networks should be studied in solutions of this key issue."

... I would reword as follows:

"Solutions for mobility between different IP version networks should be studied as part of this key issue."

LIU Hong (China Mobile):

Stefan Schmid，In rev1 I have removed the sentence 'Communication between IPv4 and IPv6 terminals/servers should be supported.' and I accept your proposed rewording for the sentence
in section 7.8.1.

Thank you for your comments.

The attached rev2 is to reflect this change.

Heikki Waris (Nokia): 

Dear Liu Hong and Stefan, Please find attached a proposed revision rev3 of the IP versions paper, with the following changes:

1.We think that the existing IPv4 and IPv6 connectivity requirement should be interpreted broadly, and therefore interworking is included as part of that. Also, the use of "/" as a separator could be interpreted as "and" or "or". Therefore, the first part of added requirement is changed to ", including interworking between IPv4 and IPv6 terminals, servers and access systems."

2.Editorial change: "Mobility between different IP version networks" changed to "Mobility between networks supporting different IP versions" in all three places where the text appears.

3.Editorial change: the first addition to 7.8.1 changed to a "Note:" because it provides instructions on the how to progress the key issue.

4.Editorial change on the first note to 7.8.1: Stefan's proposal had a "Solutions for", and the rev2 still had "Solutions of". Changed "of" to "for" as proposed by Stefan.

5.Clarification on the second note to 7.8.1: "discussion of" changed to "arguments and conclusions on", because the TR will not document meeting discussions. Also, consideration takes place "in the context of other mobility related key issues", not "by other mobility related issues". Finally, removed "if needed" because "may be considered" already implies such conditionality.

Niklas (Ericsson):

Dear Liu Hong, Stefan and Heikki, Please find a proposed rev4 with the following changes:

- Replaced "mobility between networks" with "mobility between access systems" in three places to harmonize terminology.

- Rephrased the additions in section 5, making the first addition to a standalone sentence "Interworking between IPv4 and IPv6 terminals, servers and access systems shall be possible". We prefer a formulation that clearly allows for an above-Gi solution for IPv4/Ipv6 interworking.

Heikki Waris (Nokia): 

Dear Niklas, Liu Hong, Stefan,

I think the changes in rev4 by Niklas are very good in clarifying the points even further, and would like to indicate our support for it.

Liu Hong (China Mobile):

Dear All, Rev4 is ok for me.

Thanks for the proposed modifications.
rev4 approved



