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	01
	5
	S2-030019
	GP-023368
	LS on MBMS requirements
	LS in
	
	
	
	
	
	TSG GERAN WG2 comments to RAN2 MBMS work, especially for “Draft CR to TR 25.992”.

GERAN2 would like to comment that application level repetitions are not relevant from the RAN point of view and therefore should not be considered during the definition of UTRAN/GERAN requirements for MBMS.

TSG GERAN WG2 would like to ask the following questions to RAN2:

1)
Is header compression to be used for multicast and broadcast modes? Is it used on p-t-p and/or p-t-m connections?  How would header compression be performed without receiving feedback from mobiles?

2)
How is “simultaneous reception of MBMS services” to be understood, what are the implications for the RAN/UE?

TSG GERAN WG2 would like to ask the following questions to SA1:

1)
What “additional information” is required in the paging message?

2)
Are the currently defined traffic classes and QoS attributes (& values) to be reused for MBMS without modification?

TSG GERAN WG2 would like to ask the following questions to SA2:

1)
Are the currently defined traffic classes and QoS attributes (& values) to be reused for MBMS without modification?

2)
What is an MBMS RAB and where is it defined?

3)
Are there any changes needed to the existing RAB concept for MBMS services? 

4)
How does the MBMS RAB relate to PFC?

5)
How would the RAB cope with the uni-directional character of MBMS? (Note that a bearer service is bi-directional while MBMS is essentially unidirectional.)

6)
Is an uplink path at MBMS application level being considered (e.g. for feedback/retransmissions), and if so, what are the requirements for the RAN?

Actions to SA1 and SA2

- TSG GERAN WG2 kindly asks SA1 and SA2 to provide clarification on the questions above.
	
	Pending. 

See also S2-030402 and S2-030506 on the same topic that comment this LS.

	
	01
	5
	S2-030377
	OMA Location WG
	Reply to Response to LS LIF SIG 020509 (S2-023120)

LS on the review of the LIF roaming TR
	LS in
	
	
	
	
	
	This LS is a reply to the response received from 3GPP TSG SA2 related to the LS SIG 020509 (LS on the review of the LiF roaming TR).

OMA Location working group thanks TSG-SA2 for their response to the proposed TR for the inter-GMLC interface (Lr) to support LCS services for roaming subscribers.

OMA Location working group would like to inform 3GPP that an initial draft of the "Inter-Location Server Interface Specification" will be made available to TSG-SA2 for comment in the very near future, and a subsequent liaison statement will be sent to 3GPP in due course.

While awaiting any comments to the TR102, OMA Location working group would like to comment that taking into account the above information the agreed upon schedule is under reconsideration.

OMA Location WG kindly requests TSG-SA2 to reconsider the agreed schedule and to provide information to which 3GPP release the Lr specification needs to comply.

Does the stated PPR June 2003 deadline as referenced in S2-023120 also apply to the Lr interface?

The OMA Location WG would like to thank 3GPP TSG-SA2 for the initial response concerning the TR for the inter-GMLC interface (Lr) and would appreciate additional comments.
	
	Forward to LCS.

	
	01
	5
	S2-030378
	T2-020951
	LS on Roaming Awareness
	LS in
	
	
	
	
	
	T2 summarize their understanding of the current situation concerning the MMS Roaming Awareness issue.

T2 believes that in order to support the principle of ‘integrated service pricing’, as clearly described by CPWP in their LS T2-020643, the UE roaming awareness is probably not sufficient. In fact, when charging is involved, the MMS Relay/Server has also to be ‘roaming aware’, at least in the sense that it has to generate CDR that include the identity (MCC/MNC) of the roamed-to network where the subscriber performed MMS activity. 

According to T2’s understanding there are currently no 3GPP standard mechanisms for the Home network to inform the MMS Relay/Server about the MCC/MNC of the Visited network. However, SA2 and CN4 have investigated this issue and their intention is to come-up with a standard-based solution (i.e. the Home GGSN will receive the MCC/MNC from the Visited SGSN), which is intended to apply to the Packet-Switched Domain from Rel-97 onward. 

T2 kindly requests SA1 to work on Stage 1 requirements on MMS Roaming Awareness to cope with CPWP indications. 

T2 kindly asks SA5 to update their MMS Charging specification, 32,235, to reflect MCC/MNC in MMS CDRs – subject to SA1’s requirements being available. 

No actions to SA2.
	
	Noted.

	
	01
	5
	S2-030402
	S1-030246
	LS on MBMS requirements
	LS in
	
	
	
	
	
	SA1 was asked by GERAN to answer the following questions:

1.
What “additional information” is required in the paging message?

SA1 has looked at the attachment to the LS and believe that your question relates to bullet 3 in section 5.

"During MBMS data transmission it shall be possible to receive paging messages, which also should contain some additional information, such as CLI."

The first part of the sentence obviously relates to the requirement in TS 22.146, written below. However, we cannot identify the requirement in the stage 1 that relates to the additional information.  SA1 asks GERAN and RAN2 to provide more information so that SA1 can provide an answer.

Requirements stated in TS 22.146 chapter 5.1.2 and 5.2.2:

"While receiving one or more broadcast  [multicast] services it shall be possible for the user to be informed about incoming voice calls or the availability of other MBMS services.

Dependent on terminal capabilities, it shall be possible for the user to participate in other services, while simultaneously participating in MBMS services. For example the user can originate or receive a call or send and receive messages whilst receiving advertisements."

2.
Are the currently defined traffic classes and QoS attributes (& values) to be reused for MBMS without modification?

This seems to be a more SA2 related issue as traffic classes etc. are described in TS 23.107. SA1 would therefore like to relay this question to SA2

Actions  to SA2: Please comment on bullet 2.
	
	Forward to MBMS.

	
	01
	5
	S2-030405
	S1-030241
	LS on control of  SS barring for SMS transfer over GPRS
	LS in
	
	
	
	
	
	SA1 is happy to hear that the specification of SS barring of MO SMS and MT SMS through an SGSN seems to be feasible within the timeframe of release 6.

SA1 confirms that SA1 would like to see this feature implemented in Release 6.

In the LS SA1 was asked to:

1.
confirm to CN WG1 and CN WG4 that it is acceptable to specify the invocation of SS barring of SMS transfer (both MO and MT) in the PS domain as part of UMTS Release 6.

SA1's answer:  YES, this is acceptable

2.
TSG CN ask SA WG1 to confirm to CN WG1 and CN WG4 that it is acceptable not to pursue the specification of control of SS using the SGSN as a relay between the UE and the HLR.

SA1's answer:  YES, this is acceptable

No specific actions to SA2.
	
	Open

(Source:

Siemens)

S2-030033 on the same issue is pending from the previous meeting, too.

	
	01
	5
	S2-030406
	S1-030247
	LS on Rel 99 and later Emergency calls in case on UE attached to data only network
	LS in
	
	
	
	
	
	SA1 has noted that there might be a problem between stage 1, 2 and 3 concerning the emergency calls when UE is only attached in Data only networks. 22.101 describe emergency calls for data only networks. (Note text is the same from R99 to Rel 6, although the chapter numbering has been changed)

8.1
Emergency Calls when Attached to a Data Only Network 

If an MS with voice capability attempts to make an emergency call while camping on a PLMN that does not support voice service to the MS, a new PLMN selection shall immediately take place, and the MS shall select the first available PLMN that supports emergency calls to the MS.

SA1 understanding is that PLMN selection in the case of an emergency call has not been specified according to SA1 requirements. As SA1 was not aware of this being common network implementation based on Rel 4 or earlier releases SA1 could consider removing the terminal requirement to support emergency calls in this case.  

SA1 notes that situation in release 5 is slightly different due to introduction of IMS, however only CS emergency calls are supported in Rel 5. From Rel-6 onwards the introduction of IMS based emergency calls needs to be considered. 

Actions to CN1 and SA2:

- Study to above issue and give comments from stage 2 and stage 3 specifications point of view. SA1 would appreciate also proposal how to proceed to solve the described issues.
	
	Open

(Source: Nokia)

See S2-030503 also that is on the same topic.

	
	01
	5
	S2-030433
	S1-030140
	LS on Preservation of PDP context
	LS in
	
	
	
	
	
	Copied to SA2.

SA1 thank SA5 for their liaison statement (S5-024592) concerning the need or otherwise to reflect the occurrence of PDP Context Preservations, due for example to breaks in radio transmission, in the CDRs. Whilst it is recognised that the occurrence of a Context Modification is reported in a corresponding CDR, and that the reporting of Context Preservation events might be useful for statistical purposes, SA1 has decided not, on this occasion, to specify any new requirements for CDRs to include Context Preservation events.
	
	Noted.

	
	01
	5
	S2-030434
	S1-030218
	LS on T2 proposal for GUP requirements- UE Data access and Backwards Compatibility
	LS in
	
	
	
	
	
	The LS from T2 raises some important issues relevant to 22.240 and 23.240. 

Regarding Local access to local GUP data in the UE SA1 provides the following comments:

On-line vs off-line modes

S1 has identified 3 modes of operation for the UE in the context of GUP: (1) carrier connected, (2) carrier disconnected and (3) 3rd party connected.

·
3rd party connected: the UE is connected to a computing device (and maybe to another network) via IR, serial, USB, Bluetooth.

S1 would like to solicit T2’s opinions on these 3 modes of operation and the corresponding requirements for GUP. It is important for T2 to identify for each mode of operation which requirements are (or are not) expected from GUP, such as:

·
the UE being fully workable in all modes

·
the network operator being in control of all data access in all modes

·
more requirements to be defined by T2 and S1

S1 would like to solicit T2’s opinions on the 3rd party connected mode, with respect to the control (or lack of control) by the network operator.

UE-resident data

S1 thinks that a great value of GUP is to decouple the access of data from its storage. For local access to GUP data living in the UE, it is conceivable that some functions of the GUP framework will have to be made available on the UE. The GUP function responsible for identifying the physical location of the needed component will have to live in the UE itself.

S1 would like to solicit T2’s opinions on the value of GUP for UE-resident data and the possible need to include some GUP functions on the UE itself.

Regarding stepwise introduction of GUP:

It should be noted that GUP is a data broker or facilitator. GUP per se does not create any data. Rather is offers enhanced access to already existing data living in the networks and the UE.

From this point of view, the introduction of GUP is foreseen as a migration from a no-GUP world to a GUP-enabled world where new GUP compliant interfaces can be used to access GUP data. Note that the introduction of new interfaces does not preclude the use of already existing ones. Hopefully, the added value of GUP interfaces and services (i.e. authentication, synchronization, etc.) will be a compelling reason to migrate to GUP interfaces.

S1 envisions a gradual introduction of GUP with a combination of UE and network entities supporting and not supporting GUP. S1 also foresees some potential “service consistency” problems, e.g. related to charging for data access. Since GUP will offer new ways to access data, consistency for charging will need to be taken care of.

No specific actions to SA2.
	
	Open 

(Source: Lucent)

	
	01
	5
	S2-030435
	S1-030264
	Response LS on Priorities for the support of PS based services
	LS in
	
	
	
	
	
	In response to the request from SA2 in LS S2-023646/S1-030010, please find attached the SA1 view on the importance of the PS services to be supported for 3G-WLAN interworking scenario 3 in Release 6.  

SA1 have provided a rough division of:

High: Required to be supported in Release 6

Medium: Nice to have in Release 6

Low: Not important to have in Release 6 or assumed will be present by default.

SA1 have assumed that all the functionality for scenario 2 is currently expected to be included in Release 6.

- SMS:
High (A user should be able to send and receive SMS messages between themselves and terminals in the 3GPP system. The content, size restrictions, and notifications should be equivalent.)

- MMS:
High


- IMS access: High (including IMS messaging, group mgt.)

- Presence: High


- Push services: High


- DRM: High


- PS Streaming: High


- Location services: Medium (The requirements are defined in TR 22.934 to give the location to at least the hotspot or access point. No requirement for new positioning methods in the WLAN.)

- GUP: Medium


- MBMS: Low


- MexE: Low


- OSS/CAMEL: Low


- OSA: Low (SA1 believes that this requires no work as it is independent of the bearer)

- UE Management (UEM): Low


- SES: Low


- GTT: Low


- Policy Management: This is understood to be SBLP for IMS only. From an SA1 perspective the requirements for Policy Management are still being worked. No priority assigned yet.

Action to SA2: To consider the prioritisation when planning their work.
	
	Forward to WLAN.

	
	01
	5
	S2-030436
	S1-030265
	Response LS on Network Selection principles in 3GPP system to WLAN Interworking
	LS in
	
	
	
	
	
	As requested by SA2, SA1 has considered the use cases for network selection for 3G-WLAN Interworking and the criteria on which network selection would be made. The specific questions asked were:

SA1 is asked to decide the definition and the development of the network selection procedure in the TS 23.234. In particular:

1) if network selection issue is considered within scope of 3G-WLAN interworking work;

2) if network selection is considered within scope of 3G-WLAN interworking, then SA1 is asked to decide if the issue should be of high priority to be included in the TS for R6

3) If network selection is considered a high priority 3G-WLAN interworking item to be included in R6 TS, then can SA1 provide guidelines on how the network selection should work, i.e. which factors are considered important in the network selection process.

SA1 has the following answers:

1) Yes, network selection between 3GPP and WLAN systems and between 3GPP systems connected to an Interworking WLAN is within the scope of 3GPP

2) Yes, SA1 has determined that the use cases described below apply from scenario 2 onwards and hence that network selection is required for Release 6.

3) To help SA2 determine how network selection works, SA1 has identified some use cases and the factors important in the network selection process, these are described below.

Use Cases: SA1 has identified that there is a need to support automatic network selection for Interwoking Scenario 2 onwards. 

For WLAN only devices there is a need to support:

·
Selection of the 3GPP system that is interworked to the WLAN when the WLAN interworks to multiple 3GPP systems, i.e. allow the operator to ensure that the user connects to their preferred 3GPP roaming partner.

·
Selection between multiple WLANs in the same coverage area based on the business agreements.  The 3GPP operator may have agreements with multiple WLANs in the area and has preference over which WLAN to connect to based on the services supported, e.g. WLAN operator A only provides basic Internet access (interworking scenario 2) and WLAN operator B who provides access to the 3GPP operators PS based services (interwoking scenario 3).

For integrated WLAN/3GPP devices there is a need to support

·
Selection of the 3GPP system that is interworked to the WLAN when the WLAN interworks to multiple 3GPP systems, i.e. allow the operator to ensure that the user connects to their preferred 3GPP roaming partner.

·
Selection between the available 3GPP systems and the WLANs. This includes selection based on a combination of the available 3GPP systems connected to the Interworking WLAN and the 3GPP systems available in the area.

For both WLAN only devices and integrated WLAN/3GPP devices, the option of manual selection shall be possible.

Network Selection Criteria:

The main criteria for selection of the network are the business agreements available, i.e. a selection based on the preferred network(s).  SA1 is considering other criteria and will notify SA2 if we agree on additional criteria.  The criteria under consideration include:

·
User preference

·
Performance criteria (e.g. power conservation in the UE, network loading)

Backward compatibility:

The user should have the same experience of automatic selection on the WLAN as they have with the 3GPP device, e.g. they can switch it on and the device selects the appropriate network e.g. preferred network. This included the behaviour that the 3GPP device, when switched on, tries to connect to the network that it was last connected to.

OA&MP:

The need to provision data on a regular basis within the 3GPP devices to support network selection should be minimised. 

Action to SA2: SA1 asks that SA2 considers the information above when planning their work.
	
	Forward to WLAN.

	
	01
	5
	S2-030437
	S1-030276
	LS on Use of E164 numbers for emerging mobile systems
	LS in
	
	
	
	
	
	Copied to SA2.

SA1 has reviewed the incoming LS from CN4 contained in N4-021566, where SA1 are asked to consider whether there is a need to define for 3GPP:

-
Subscriptions which would require only mobile originating services other than MO SMS (and which would therefore not need any form of public identity);

-
Subscriptions which would require mobile originating services other than MO SMS and only that set of mobile terminating services which could use a public identity other than an E.164 number.

SA1 confirm that they do see a need to support services for vending machines and vehicle telemetry as identified by the European Numbering Forum, and also for other low data usage services such as stock control systems. In fact in the SA1 specifications this has existed as a service example for GPRS since Release 97. 02.60 (and 22.060 from Release 99 onwards) states that possible PTP (Point to Point) interactive teleservices include 

“-
tele-action services which are characterized by low data-volume (short) transactions, for example credit card validations, lottery transactions, utility meter readings and electronic monitoring and surveillance systems.”

In direct response to the first bullet point that CN4 addressed to SA1, it is believed that some of these services would require only mobile originating services other than MO SMS. Whilst a public identity is not therefore required to route traffic, these services all require some form of identification of the source so it does not follow that they would not require some form of public identity. 

For devices that will support neither CS teleservices or SMS (PS or CS) then SA1 has no requirement that these devices must have an E.164 number allocated to them. In fact SA1 have an explicit requirement for Rel-6 in Section 5.4 of the Push Stage 1, TS22.174  (approved at TSG SA#17) that 

It shall be possible to address push recipients without allocating E.164 numbers.

SA1 recognise that if an E.164 number is not associated with each subscriber then some other public identity would need to be defined to handle mobile terminated traffic (e.g. IP address, SIP URL, depending on the bearer service type). 

Therefore in direct response to the second bullet point SA1 believe that there is a requirement for “subscriptions which would require mobile originating services other than MO SMS and only that set of mobile terminating services which could use a public identity other than an E.164 number.”

No specific actions to SA2.
	
	Noted.

	
	01
	5
	S2-030503
	GP-030372
	Reply to LS on Rel 99 and later Emergency calls in case on UE attached to data only network
	LS in
	
	
	
	
	
	TSG-GERAN has discussed the concerns of SA1 with respect to the observation by SA1 that there might be a problem between stage 1, 2 and 3 concerning the emergency calls when UE is only attached in Data only networks.

TSG-GERAN is in agreement with the proposed changes as this would align with the current stage 3 specifications. TSG-GERAN believes this will make 22.101 in line with the PLMN selection requirements in 22.011.
	
	Noted.

	
	01
	5
	S2-030504
	GP-030423
	Reply to LS on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers>
	LS in
	
	
	
	
	
	Copied to SA2.

GERAN2 thank SA4 for the clarification about the two distinct functionalities (network de-jittering buffer and pre-decoder buffer) that characterize the streaming client buffer.

GERAN2 acknowledges in particular that (according to TR 26.937 v.1.3.0, section 6.2.5.4):

·
After negotiating the QoS paramenters, the Client decides the needed amount of de-jittering buffer, in order to cope with a maximum delay variation equal to the “transfer delay”

·
“Start-up delay” (i.e. time shift between the sampling curve and the playout curve) is given by “transfer delay” + initial pre-decoder buffering period + transfer delay of the first packet (it is the reception of the first packet that triggers buffering at the client, but anyway this initial delay is low compared to the other ones)

·
The network should be (obviously) responsible to guarantee as much as possible the negotiated “transfer delay”. Though, to enforce the application requested delay constraints, the network is expected to drop the packets that cannot be delivered in time (i.e. the ones whose delay variation would exceed the “transfer delay”)

Moreover GERAN2 would like to inform SA4 that GERAN is currently elaborating realistic values for the transfer delay for Streaming Services in GERAN.

2. Comments to chapter 6.2.3 of the TR 26.937

It is GERAN2's assumption that supporting packets sizes bigger than the negotiated LLC size (N201-U) on the Gb interface will not cause IP fragmentation as stated in the TR. Instead, it will cause SNDCP to perform segmentation of the data into multiple LLC packets (See CH 6.7 of 44.065). This segmentation will introduce some overhead and increased loss rate over the Gb and Air interface, however it is our assumption that in most cases the impacts of this can be neglected. The IP layer is completely unaffected by the SNDCP segmentation. Performing IP fragmentation or Application level segmentation in order to avoid SNDCP segmentation will in most cases cause higher IP loss rates and introduce more overhead.

GERAN2 agrees with the general conclusion of the chapter 6.2.3 though that the best way to avoid any segmentation over the Gb interface is if the MS negotiate up the N201 parameter. This procedure is already supported in the standard today.

No specific actions to SA2.
	
	Noted?

This is a reply to S2-030516 (that is in turn a reply to an LS in S2-030522).

	
	01
	5
	S2-030505
	GP-030297 
	LCS architecture descriptions for TS23.002 update
	LS in
	
	
	
	
	
	TSG GERAN thanks SA2 for the LS regarding an update of TS23.002 to provide an overview of LCS architecture for UTRAN and GERAN. We have reviewed S2-023671 and the associated CR’s (GP-030113) and provide the following answers to the specific questions:

·
Should the Standalone LMU/Type A LMU be seen as internal to BSS/RNS?

·
Should this Standalone LMU/Type A LMU be shown connected via the Um/Uu interface?

·
Should the GERAN figure show the Lp interface and its associated SMLC?

TSG GERAN references the Functional LCS Architecture in GERAN described in the GERAN Stage 2 for LCS (43.059) where it is shown that the Type A LMU is part of the GERAN, but not part of the BSS. TSG GERAN confirms this is correct and that the Type A LMU should not be seen as internal to BSS.

TSG GERAN references the Functional LCS Architecture in GERAN described in the GERAN Stage 2 for LCS where it is shown that the Type A LMU is connected via the Um interface. TSG GERAN confirms this is correct.

TSG GERAN agrees that the Lp interface connecting the two SMLCs as shown in S2-023583 and S2-023584 is a valid configuration of the LCS Architecture, even though the Functional LCS Architecture in GERAN as described in the GERAN Stage 2 for LCS does not explicitly show the Lp interface and its associated SMLC as shown in the CRs. TSG GERAN does not consider the addition of the Lp interface to be an “essential correction” and therefore will not approve the addition of the Lp interface to 43.059 for any frozen release.

No specific actions to SA2.
	
	Forward to LCS as well as discussion in the plenary.

Noted?

	
	01
	5
	S2-030506
	R2-030086
	Response to LS on MBMS requirements
	LS in
	
	
	
	
	
	Copied to SA2.

TSG RAN WG2 thanks TSG GERAN WG2 for its comments and questions relating to MBMS development and for its proposed amendments to TR 25.992, contained in their “Draft CR to TR 25.992”.

RAN WG2 would like to offer the following answers:

1) Is header compression to be used for multicast and broadcast modes? Is it used on p-t-p and/or p-t-m connections?  How would header compression be performed without receiving feedback from mobiles?

Currently, it is intended to use header compression, although the mechanism to do so is still under investigation. A liaison statement (R2-030080) has been sent to SA4 for this topic.

2) How is “simultaneous reception of MBMS services” to be understood, what are the implications for the RAN/UE?

The statement should be interpreted, depending on the context, as meaning either the simultaneous reception of MBMS services and p-t-p services or the simultaneous reception of more than one MBMS service.

The implications for RAN/UE are ffs.

With regard to the amendments to TR 25.992 proposed by GERAN, RAN WG2 makes the comments. The item numbers below refer to the item numbers in section 5 in GERAN WG2’s “Draft CR to TR25.992”.

Items 8 and 11 are agreed and the note attached to item 11 will be incorporated into the TR.

Item 12. The GERAN proposal was not agreed, however, it was proposed that a note be added to the item, to indicate that the thresholds operate independently, dependent on the radio technology.

Item 12a. The GERAN proposal was not agreed as presented. However, it was proposed to modify the statement to indicate that there should be a mechanism to enable the non-transmission of multicast MBMS services in cells that do not contain any UEs with the service activated.

Item 17. It was agreed that the term SGSN in pool was a better representation than the term Iuflex. 

A revision of the “Draft CR to TR 25.992” is attached.
	
	Forward to MBMS.

	
	01
	5
	S2-030507
	R2-030087
	Reply Liaison Statement on MBMS related issues
	LS in
	
	
	
	
	
	RAN2/3 would like to thank SA2 for the LS on MBMS related issues, which provided some answers on architectural principles regarding MBMS support in the UTRAN.

SA2 asked RAN2’s view on the issue of whether the CRNC needs to receive service information on different circumstances.

RAN2/3 can confirm the view expressed in the bullet 2. The different proposals discussed in RAN2 still differ on the bullets 1 and 3:

-
Regarding bullet 1: In one proposed solution, the above bullet is applicable (i.e. to establish an MBMS context in RNCs based on last known RA). In another solution, the CN would page the interested UE’s when the MBMS service becomes available, and only inform the RNC’s where interested UEs are located would be informed about the service context. Other mechanisms are also proposed e.g. group paging.

-
Regarding bullet 3: In one proposed solution, the above bullet text is applicable. In another solution, the MBMS service information would always be provided to the SRNC possibly relayed via Iur. Note that in both proposed solutions, the CRNC can establish the user plane if it requires the information.

SA2 also asked RAN2’s assumption on the issue of Iu impact and whether the service information has or has not to be provided to the RNC after each idle period without data transfer. What is the assumption in RAN2 whether and how often the information has to be sent to RNCs, i.e. how often it is deleted in RNCs ?

In general RAN2/3 assume that the service information provided to the UTRAN is quite stable. E.g. during shorter idle periods, it is assumed that no action will be taken to the UTRAN to clear/delete the MBMS RAB in the UTRAN. Similar to PS services with idle periods, it is up to the RNC to reconfigure RBs or even request release of the RAB.

The last question asked by SA2 was for RAN2 to to clarify tracking area/non-tracking area concept and some specific questions. 

Answer to bullet 1:

RAN2/3 assume that the CN will decide if the information on the number of users in the cell should be taken into account by UTRAN or not in certain areas. E.g. for broadcast services, the UTRAN will not be required to monitor the number of users in the whole broadcast area. For multicast services, it is FFS whether the CN shall indicate service area specific “counting/tracking requirements” to the UTRAN.  Different proposals have been discussed in RAN2/3 regarding the counting/tracking.It is assumed that if a UE moves from a tracking area to a non-tracking area, the UTRAN may request to release the dedicated Iu signalling connection.

Answer to bullet 2:

RAN2/3 assumes that in case the CN has enabled UE tracking by the UTRAN, it is a UTRAN decision if it wants to use this possibility or not ? E.g even though tracking is enabled by the CN, still the UTRAN might decide not to use tracking in hot-spots areas.

Answer to bullet 3:

In RAN2/3’s understanding, there is no relation between the tracking/no tracking area and the Local Multicast Area.

3. Outcome of RAN2/3 adhoc

As outcome of RAN2/3 adhoc, which took place during 15-16 January in Wokingham, the following decisions were made:

1)
Over Iu, the MBMS linking of a specific UE to a specific MBMS service will be signalled over the normal UE-specific signalling connection.

2)
An SRNC will create an MBMS context for a specific MBMS service when it receives the first MBMS linking request for a specific MBMS service.

3)
The Iu user plane will be established “bottom up”; in order to enable establishment of the user plane from either SRNC’s or DRNC’s, it is the UTRAN that should take the initiative for the establishment of the Iu user plane.

Proposals presented during the RAN2/RAN3 ad-hoc also differed on several aspects. In order to make a decision on these aspects, RAN2/3 would appreciate input on the following two questions:

a)
The proposals differ a.o. in the expected time it will take to get the UTRAN ready for data transmission after having received a MBMS service availability in the control plane. This at the cost of some complexity. RAN2/3 would like to know what the expected time between the MBMS service availability indication in the control plane and the first data in the user plane will be ? Will this time be e.g. configurable, e.g. the BMSC can be configured to sent the control plane indication 5 minutes in advance of the data ?

b)
Proposals presented so far differ a.o.on the aspect of establishing one separate MBMS Iu  connection for every MBMS service to the RNC. Alternatively the MBMS context could be filled/controlled based on data sent on dedicated Iu connections. The first approach would simplify the signalling over Iu of making changes to the MBMS context information. Therefore RAN2/3 would like to know if it is expected that inbetween MBMS service availability/unavailability of transmission, it is expected to be valuable to be able to reconfigure MBMS context information (e.g. QOS parameters, BW,…).

Actions to SA2: RAN2/3 ask SA2 to clarify the above points.
	
	Forward to MBMS.

	
	01
	5
	S2-030508
	R2-030088
	Liaison Statement on RTCP signalling in MBMS
	LS in
	
	
	
	
	
	An LS from RAN2/3 ad-hoc meeting on MBMS. When RTP packet is transmitted to one direction, RTCP signalling is highly recommended to be used in the opposite direction in conventional IP multicast network. TSG RAN WG2 would like to request SA2 and SA4 to verify the needs of RTCP signalling in MBMS, which is interoperable with IP multicast and IP multicast addressing.

TSG RAN WG2 would like to ask the following questions to SA2 and SA4:

1)
Is the RTCP signalling for quality feedback necessary in MBMS applications?

2)
If yes, how can we provide the RTCP signalling in MBMS?

A.
Each UE transmits the RTCP feedback to the MBMS source. But this could require huge radio resources.

B.
The endpoint of wired network transmits the RTCP feedback to the MBMS source. In this case, the endpoint of wired network should be the UTRAN (RNC or cell) because the quality monitoring information can be calculated from its radio environment knowledge.

The detailed description for RTCP signalling in MBMS is described in a document attached to the LS.

Action to SA2: RAN2 asks SA2 and SA4 to give feedback on the questions above.
	
	Forward to MBMS.

	
	01
	5
	S2-030509
	R2-030089
	Liaison Statement on Scalable Codec for MBMS
	LS in
	
	
	
	
	
	RAN2 / RAN3 joint meeting discussed the applicability of scalable codecs for MBMS as described in the attached document R2-030055. RAN2 asks S4 and S2 to study this proposal and clarify RAN involvement when considering the proposed scalable codec:

Questions to SA4:

1-
Are Scalable codecs (codecs with multiple layers) available? If yes, then will SA4 consider any for Rel-6, and in specific for MBMS?

2-
How does S4 envisage the transport of the layers of the media stream? 

-
In the case of scalable codecs, how would the packets relating to the different layers be identified?  

-
Are there any synchronisation requirements between the different layers of one frame? 

-
Will RAN be involved in the synchronisation of the different layers or can it be done on the application layer?

3-
What are the QoS requirements for the different layers of the media stream?

Question to SA2:

-
Consideration on the Iu interface requirements; how does SA2 see the different layers of the media streams transported on the Iu interface, for example: 

-
Single RAB with multiple flows, each flow carrying one layer, 

-
Multiple RABs each RAB carrying one layer with some binding 

-
One RAB with one flow carrying all layers towards the RAN, with RAN differentiating the different layers.

Actions to SA2 and SA4: To study scalable codec and provide answers to the questions listed above.
	
	Forward to MBMS.

	
	01
	5
	S2-030510
	RPA030014
	LS on early UE handling
	LS in
	
	
	
	
	
	During RAN Plenary in Dec 02, it has been agreed that information about UE specific behavior should be made available to the RNC via the Iu interface. This information can be either the IMEI-SV or a bitmap indicating specific terminal behavior.

TSG RAN held an ad-hoc meeting in order to discuss which information would be defined on the Iu interface for the handling of early UEs i.e. the content of the UESBI (UE Specific Behavior Information) on the Iu interface. However no conclusion could yet be made.

It is believed, based on the understanding of SA2 current status, that for all nodes and interfaces between the initial MSC/VLR or SGSN making the IMEISV query, and the Serving RNC receiving the UESBI, the UESBI information is relayed transparently. Therefore, it seems that for all network interfaces, the transport of the UESBI can be specified, and that in order to finalize the specifications, only the definition of the UESBI will be needed.

If the above understanding is correct, and in order to speed up the availability of the early UE handing in CN and network interfaces, the following is proposed to WGs in action as a way forward:

·
SA2 finalizes the architecture work on the exchange of UESBI information between network nodes

·
CN1, CN4 and RAN3 prepare CRs for the support of the UESBI in the relevant network interfaces. Release 5 is proposed to be the release where it would be applied. 

·
All CN specifications refer to the RANAP specification (25.413) for the definition of the UESBI semantics. The proposed syntax is proposed to be octet string. 16 octets could be a maximum size for the octet string.

TSG RAN will then decide at a later stage on the semantics of the UESBI e.g. whether it is a IMEISV or a bitmap, add it to the RANAP specification, and inform CN groups. No date is yet foreseen for when this will be done, and it may depend on future problems identified for early UE handling. 

Actions to SA2 (and CN1, CN4, RAN3): Note the RAN proposal and prepare interfaces for the support of UESBI transport as indicated in the 3 bullets above.
	
	Forward to Early UE session.

	
	01
	5
	S2-030511
	S1-022338
	Clarifications on the User Data Management Function
	LS in
	
	
	
	
	
	SA1 had informed CN5 in LS (S1-022071/N5-021106) about the initial SA1 discussion on the relationship between the User Data Management Function described in TS 22.127 v 6.1.0. and GUP. SA1 has agreed a Change Request that reflects the conclusion of this discussion into TS 22.127. This Change Request will be submitted for SA approval in December 2002.

In answer to the questions raised by CN5 in N5-021155 (S1-022227), SA1 would like to provide the following information:

-
SA1 acknowledges the fact that further work is required to define how the User Data Management Function is implemented in the network and SA1 would like to invite SA2 to start work on this issue.

-
In the LS S1-022071/N5-021106, SA1 had indicated that “GUP limit the access to the “generic part” of the user profile data while OSA may grant access to all parts of the user profile.”  The “generic part” was considered as a confusing term by CN5 and SA1 would like to explain the meaning of this sentence. Even if GUP is deployed in a network, not all the content of the User Profile might be accessible via the GUP mechanisms or defined using the GUP definition format. The User Data Management Function will give access not only to the GUP data, but also to the User Profile data that is not “GUP-enabled”.

Actions to SA2: SA1 kindly requests SA2 to review the requirements in the Change Request attached to this LS, and to introduce the User Data Management Service Capability Feature in TS 23.127.
	
	Open

(Source: Fujitsu)

	
	01
	5
	S2-030512
	S4-030059
	Reply LS on MBMS codec requirements and scalable codec for MBMS
	LS in
	
	
	
	
	
	Copied to SA2.

SA4 has addressed codec requirements for unicast applications, but not for multicast or broadcast applications. These may have different implications regarding bit rates, transport issues (packet sizes and their distribution) and error rates. The same applies to the issues related to scalable codecs and their layering transport mechanisms.

No specific actions to SA2.
	
	Noted.

	
	01
	5
	S2-030513
	S4-030089
	Liaison Statement on Maximum Bit and Guaranteed Bit Rates
	LS in
	
	
	
	
	
	SA4 comments on the SA2 liaison statements on the Maximum and Guaranteed bit rates:

a) In case of CS the guaranteed bit rate contains the lowest codec mode of the AMR ACS and the maximum bit rate contains the highest codec mode of the AMR ACS. This statement does not exist in SA2 specifications.

SA4 agrees with this assignment of the MBR and GBR with respect to the AMR ACS.

b) In case of IP multimedia session (Iu_PS), it is UEs responsibility to negotiate the codec modes during session setup phase e.g. by using SDP. In addition UEs are able to switch between negotiated modes on the fly without further codec negotiation.

For example UE could negotiate modes 12.20 and 7.95. If the value guaranteed bit rate is set to 7.95 then network does not guarantee UMTS bearer service attribute, e.g. delay and reliability between 7.95 and 12.20. This may lead to case where some packets are lost or delayed. Based on this concern, SA2 recommends that the value of guaranteed bit rate and maximum bit rate take the highest codec mode of the AMR ACS. However, SA2 would like to point out that it is possible that the guaranteed bit rate contains a bit rate of the AMR ACS other than the maximum bit rate. The maximum bit rate contains the highest codec mode of the AMR ACS as in CS case.

SA4 questions: In case the GBR and MBR are set to the same AMR mode, does this means that the AMR codec is used as a single rate codec ? Moreover how the Speech Activity is used? How the SID frames and the discontinuous transmission would be managed?

Actions o SA2: to answer the questions regarding the management of the AMR in PS conversational.
	
	Open

(Source: Nortel Networks)

	
	01
	5
	S2-030514
	S4-030092
	Adoption of SDP bandwidth modifier for RTCP
	LS in
	
	
	
	
	
	Copied to SA2.

SA4 thanks CN1 and CN3 WGs about the revision of their interpretation of the b=AS parameter in SDP, and the corresponding alignment to the SA4 interpretation. This guarantees a common understanding about this issue.

SA4 has decided to adopt the “SDP bandwidth modifier for RTCP” RFC in its TS 26.234 and TS 26.236. However, the details of the solution will be specified at the SA4#25bis meeting.
	
	Noted.

	
	01
	5
	S2-030515
	S4-030096
	Reply LS on media codecs and formats for Presence and Messaging
	LS in
	
	
	
	
	
	SA4 will be delighted to satisfy the request from SA2 to specify the type of codecs and media formats that are expected to be used for Presence and Messaging type IMS content exchange.

SA 4 has addressed similar requirements for MMS and Packet Switched Streaming. These two specifications are based on a common selection of media formats and codecs, and SA4 proposal would be to create a similar specification addressing IMS Presence and Messaging services, based on the same multimedia architecture.

SA4 would appreciate if SA2 could kindly provide feedback on this proposal, and review the codec and format selection of the above mentioned specifications, commenting if they consider it appropriate for their needs.

Actions to SA2:

- Comment on the proposal of creating a new “IMS Presence and Messaging: media formats and codecs” specification.

- Review specifications 26.140 and 26.234 and comment on the proposed selection of media format and codecs.
	
	Open

(Source: Ericsson)

	
	01
	5
	S2-030516
	S4-030097
	Reply to LS on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers>
	LS in
	
	
	
	
	
	Copied to SA2.

SA4 clarify issues regarding buffering and transfer delay for PSS. SA4 has analysed the client buffering mechanisms needed in a PSS service. The latest understanding is described in TR 26.937 v.1.3.0 (attached) section 6.2.5 "Clarification of using PSS Video Buffering Verifier in a rate adaptive service environment". 

The streaming client receiver buffering serves for a double purpose. One function is for packet transfer delay variation compensation (i.e. network jitter buffer). The other function is to compensate for the accumulated video encoding rate and transmission rate difference (i.e., pre-decoder buffer – TS 26.234 Rel-5 Annex G). 

Answers to GERAN2 questions:

What is the expected meaning of the ‘transfer delay’ attribute when the bearer belongs to the streaming class?

SA4 understands that the meaning of the "transfer delay" QoS parameter is the maximum transfer delay that any IP packet will suffer on a QoS guaranteed streaming bearer.

How the client of a PSS session using 3GPP access technologies will set the transfer delay attribute?

In Annex J of TS 26.234 (Rel. 5) it is advised (not mandatory) to use a value of 2 seconds for the transfer delay. However, a PSS client can use different values of transfer delay depending on how much jitter is willing to tolerate and depending on the buffering capabilities. The actual management of all the buffer space (including the jitter buffer) in respect of the transfer delay value declared in the QoS profile, is totally a PSS client responsibility.
	
	Noted?

This is a reply to an LS in S2-030522.

	
	01
	5
	S2-030517
	S5-032021
	LS on management and regulatory requirements for Presence service
	LS in
	
	
	
	
	
	SA5 thanks SA2 for its liaison and presence service specification (TS.23.141 v6.0.0) and will undertake a study of the specification.

SA5 has not received any “proposals regarding requirements for presence service in the context of operators/service providers management”, however if SA2 has such proposals SA5 would be very interested to see these also.

Actions to SA2: Forward any proposals regarding requirements for presence service in the context of operators'/service providers' management to SA5.
	
	Open

(Source: Motorola)

	
	01
	5
	S2-030518
	T2-030137
	Re: LS on LS on IMS messaging (3GPP TR 22.940)
	LS in
	
	
	
	
	
	T2 would like to thank SA2 for their LS in (T2-020842, S2-022626). T2 confirms that there is a clear resemblance between the IMS messaging deferred delivery messaging type and MMS.

T2 has started a preliminary study regarding the relevant technical issues. T2 will inform SA2 about the results when they are ready.
	
	Noted.

	
	01
	5
	S2-030519
	T2-030156
	LS - T2 GUP Coordination Progress Report to SA2
	LS in
	
	
	
	
	
	T2 is pleased to send this Progress Report on its GUP work progress to SA2, in their role as the 3GPP GUP Co-ordinating Group.

2. GUP WID for T2 tasks:

The WID for T2 GUP Tasks was submitted to TSG-T and Approved at the December 2002 TSG-T Meeting (TP-020275).

3. Consensus Decision on the Direction of T2 GUP Technical work:

At the November 2002 T2 Meeting a Consensus Proposal (T2-020985 that is attached to the LS) was approved, which defines a solution strategy for the continuation of the work to define the GUP Data Description Method. This Consensus Strategy is a jointly worked out and agreed data description approach which 

·
is not a compromise merging two mechanisms but a stable and future-proof solution

·
meets the flexibility and interoperability needed in the network 

·
meets the compactness and efficiency needed in terminals.

4. Re-Structure of TS23.241:

The approval of the Consensus Strategy for T2 GUP work necessitated an examination of the structure of TS23.241. As a result, a new Structure for TS23.241 was adopted at the January T2 Meeting. Currently content is being added into the TS23.241structure.

5. GUP Information Model:

As part of the work on TS23.241, T2 decided that it is appropriate to include some selected sub-parts of the GUP Information Model in Section 5 of TS23.241. SA2’s attention is called to our LS T2-020982, which contained the version of the GUP Information Model, which was current at that time. T2 decided to continue the effort to evolve the Information Model in T2. 

6. GUP implications on UE Terminal Architecture:

T2 has previously sent LS’s to SA2 (T2-020981) on the subject of GUP implications as they relate to issues within the UE architecture elements. T2 is attaching T2-030035 for information. This document describes some Terminal GUP Use Cases and the impact of these Use scenarios. T2 intends to continue this effort and to liaise with SA2 in order to assist SA2 in defining the GUP Architecture from a Terminal perspective. 

Actions to SA2: 


1. T2 requests SA2 group to kindly comment on this LS and the attached documents. 

2. T2 requests SA2 to consider suggested methods for keeping the Information Model work in our respective Groups synchronized.

3. T2 requests SA2 to review the Terminal GUP Use Cases and GUP implications on the Terminal architecture in T2-030035, and provide comment, and incorporate into the GUP Architecture as appropriate.
	
	Open

(Source: Sharp)

	
	02
	5
	S2-030520
	N1-030200
	LS Response on 


	LS in
	
	
	
	
	
	Copied to SA2.

CN1 thank CN4 for their liaison statement on requirements for one Application Server to be able to read and/or modify the initial filter criteria of another Application Server. CN1 has discussed the issue and provides the following answer:

·
According to TS 23.218 there is no requirement for an Application Server to modify its own initial filter criteria via the Sh interface

·
According to TS 23.218 there is no requirement for an Application Server to modify/read the initial filter criteria of another Application Server via the Sh interface

·
CN1 anticipates that modifying initial filter criteria via Sh interface might introduce problems with consistency of iFC priority
	
	Noted.

	
	02
	5
	S2-030521
	N1-030201
	LS on Early UE Handling
	LS in
	
	
	
	
	
	CN1 have received and studied a number of liaison statements on the Handling of Early UE proposals in documents N1-030031 (N4-021497), N1-030037 (R3-022557), N1-030043 (S2-023664), and N1-030106 (RPA-030014).

CN1 would like to confirm that, within the specifications in their control (specifically TS 24.008) it is already possible to request and transfer IMEISV from the UE to the MSC/SGSN. The conclusion is that the proposed solution will have no impact on CN1 specifications as CN1 currently understand it.
	
	Noted.

	
	02
	5
	S2-030522
	G2-030130
	LS on <Meaning of the ‘transfer delay’ QoS attribute for packet-switched streaming bearers>
	LS in
	
	
	
	
	
	As part of the on-going studies which TSG GERAN (WG2) are conducting in order to “analyse and provide the necessary changes and additions required for the efficient support of Streaming services in the GERAN specifications” (excerpt from the SSStrea WID), some enhancements have been proposed in the BSS and the SGSN that require in both nodes the knowledge of the client’s streaming application buffer size.

For PSS services, TSG GERAN WG2 assume that the “application layer” at the client side is characterised among other parameters by a de-jittering buffer. The application starts reading (i.e. extracting packets from the buffer) after a “start-up delay” (or “Buffering Time”) of a few seconds following the reception of the first RTP packet. Note that in principle this assumption does not put any constraint on the overall “transfer delay”, but only on the maximum “transfer delay variation”, that cannot be higher than the Buffering Time.

In practice, since the transfer delay of the first RTP packet is low (compared to the Buffering Time), setting some Buffering Time value also puts a threshold on the acceptable transfer delay. In fact, it turns out that the “maximum acceptable transfer delay” = transfer delay of first RTP packet + Buffering Time.

It has been highlighted that 3GPP TS 23.107 already states the following about streaming bearers: "But as the stream normally is time aligned at the receiving end (in the user equipment), the highest acceptable delay variation over the transmission media is given by the capability of the time alignment function of the application. (...) It is assumed that the application's requirement on delay variation is expressed through the transfer delay attribute, which implies that there is no need for an explicit delay variation attribute." Therefore, it could be understood that the transfer delay attribute for streaming class PS bearers corresponds to the capability of the time alignment function of the application, i.e. the application buffer size.

However 3GPP TS 26.234 annex J, which suggests some mapping of SDP parameters to UMTS QoS parameters for packet-switched streaming bearers, proposes a fixed value for the ‘transfer delay’ (2 sec) although section 5.3.3.2 describes the ‘initial pre-decoder buffering period’ as one possible additional SDP field for PSS. Given the description in 3GPP TS 23.107, one could have rather thought that the ‘transfer delay’ attribute should be valued as the ‘initial pre-decoder buffering period’ + the acceptable transfer delay of the first RTP packet (see above).

Therefore it is not clear how the client of a PSS session using 3GPP access technologies will set the transfer delay attribute.

Actions to SA4 and SA2: TSG GERAN WG2 would appreciate feedback from TSG SA WG2 and TSG SA WG4 regarding the above considerations and in particular whether they could clarify what is the expected meaning of the ‘transfer delay’ attribute when the bearer belongs to the streaming class.
	
	Open

(Source: Alcatel)
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