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TSG GERAN thanks TSG SA1 for the liaison contained in GP-011494 (ref TSG S1 (01) 0850, attached). 

GERAN intends to provide the full set of IMS services provided the work on the introduction of the Iu interface is completed and the IMS gives the full functionality on the core network side. The scale of services provided will range from background services up to conversational services including multimedia services as well as a stand-alone voice component.

In the specific case of deploying a header removal scheme for the stand-alone voice component the question was raised:

”SA1 has discussed the issue of optimised voice from the user requirements point of view and has some difficulty in understanding why GERAN has come to the conclusion that for Optimised Voice, the SIP client has to be integrated with the MT.”

Currently the working assumption made in the TR on support for voice optimisation in GERAN  is that when using the Voice Optimised bearer, the SIP application is integrated in the MS i.e. the split case is not supported for the voice optimised bearer.

For some companies this assumption is justified by the following point : 

· It is believed that in case of header removal, it is not possible to maintain the transparency of RTP/UDP/IP headers. The exact regeneration of original RTP/UDP/IP header fields cannot be guaranteed and whether they should at all be regenerated is an implementation dependent issue.  

So in the specific case of header removal a TE-MT split seems difficult. However for all other cases, where a header compression scheme is used the TE-MT split can be done, at least from an RTP/UDP/IP or TCP/IP point of view.

In addition TSG GERAN would like to raise another issue related to TE-MT split and speech codecs:

A consequence of the potential split is that, when using any of the known speech codecs (FS, HS, EFR, AMR etc.), there is a requirement on the TE to deliver speech frames on a 20ms basis to the MT.

Additionally, it is unclear to TSG GERAN how would the interaction between codec link adaptation over the radio path and a potential implementation of the codec on the TE work together. 

TSG GERAN would kindly ask TSG SA1 to consider those issues when proceeding with TE-MT split work and state requirements in these areas.

TSG GERAN welcomes any input about the work on “UE split functionality” from TSG SA1.


[image: image1.wmf]GP-011494.doc


_1061627737.doc
3GPP TSG GERAN
TSGG#06(01)1494


Meeting no 6
Agenda Item: 4.1


Naantali, Finland


27 – 31 August 2001



TSG-SA WG 1 (Services) meeting #13






TSG S1 (01) 0850


Lake Tahoe, USA, 9-13 July 2001







Agenda Item: 


Title:
Liaison Statement on "GERAN Assumption on IMS"

Source:
TSG SA1


To:
TSG GERAN

cc:
TSG RAN, TSG SA4, TSG T2

Contact Person:




Name:

kevin holley




E-mail Address:

kevin.holley@bt.com


Tel. Number:

+44 1473 605604


1. Overall Description:


SA1 thanks GERAN for the liaison contained in GP-011344 (S1-010628, attached).


SA1 has discussed the issue of optimised voice from the user requirements point of view and has some difficulty in understanding why GERAN has come to the conclusion that for Optimised Voice, the SIP client has to be integrated with the MT.


SA1 is currently progressing work on "UE functionality split" and is not making any distinction between access technologies.  If we need to take technical limitations into account in our work then we need more information.  For example, whether it is necessary to distinguish between the location of the application which sets up media streams (the SIP client) and the function which codes and decodes the audio stream over the radio interface.


SA1 believes that the requirements at the application level should be the same for GERAN and UTRAN unless there is good reason to make them different.


2. Actions:


To TSG-GERAN


ACTION: 
TSG SA1 asks TSG-GERAN to clarify exactly what the limitations are which lead TSG-GERAN to make the assumption that the SIP application is integrated into the MT.


TSG-SA1 looks forward to further co-operation with TSG-GERAN on UE functionality split.


3. Date of Next SA1 Meetings:


S1#14
5-9 November 2001
Japan, hosted by NTT DoCoMo


SA1#15 
14-18 Jan 2002, 
host offered: AWS Las Vegas


SA1#16 
8-12 Apr 2002, 
no host


SA1#17 
8-12 July 2002,
host offered: SBC (North America)


SA1#18 
23-27 Sep 2002,
no host


4. Attachments:


S1-010628
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TSG GERAN continues its progress on the support of IMS and would like to inform SA1 of one of its working assumptions.



TSG-GERAN has made the working assumption is that when using the Voice Optimised bearer, the SIP application is integrated in the MS i.e. the split case is not supported for the voice optimised bearer.



TSG-GERAN would also like to request to SA1 that it is kept informed of SA1 activities, which would affect a GERAN access network, where certain restrictions exist compared to UTRAN.
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