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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

1 Scope

The present document provides an overview of the architecture impacts related to the provision of radio optimisation methods for services over PS domain for both GERAN (A/Gb mode and Iu mode ) and UTRAN (Iu mode). 

2 References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies.  In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "3G Vocabulary".
3 Definitions, symbols and abbreviations

For the purposes of the present document, the terms and definitions given in [1] and the following apply.

3.1 Definitions

In the document, the terminology GERAN will be used for GERAN A/Gb or Iu modes and UTRAN will be used for UTRAN Iu mode.

3.2 Symbols

3.3 Abbreviations

For the purposes of the present document, the following abbreviations apply:

UEP
Unequal Error Protection

Other abbreviations used in the present document are listed in 3GPP TR 21.905 [1].

4 Introduction

The objective of this TR is to study the architectural impacts of radio optimisation methods that can be provided for services such as IMS that require the transport of real time traffic over PS domain. Details of radio optimisations methods are not studied in the present TR, only the impacts identified on the architecture are covered. This TR does not consider radio optimisation methods that have no identified impact on the architecture.

This TR should cover impacts on the architecture for both GERAN and UTRAN cases when radio optimisation method applies.

Different radio optimisation methods are studied when they impact the architecture. As an example, for IM conversational services, some radio optimization such as Unequal Error Protection could be provided for PS multimedia services but the introduction of UEP needs some architecture enhancement that have to be identified.

Currently, the following radio optimisation methods having architecture impacts have been identified:

· For both UTRAN and GERAN cases:

UEP (Unequal Error Protection) 

· For UTRAN case only:

· For GERAN case only:

For each of these identified radio optimisation methods, this TR should identify the architecture impacts to be solved and the way to solve these concerns. 

The following should be defined as goals for the TR:

· A common solution for GERAN and UTRAN is intended to minimize overall functionality.

· The solution should be based, when possible, on already specified functionality
4 Scenarios

This sub-clause details the scenarios considered within this technical report.  The scenarios apply to GERAN and UTRAN equally.

4.1 Speech only over the PS domain


[image: image3.wmf]UE

UTRAN

PS Domain

IMS

IMS 

signalling

AMR / RTP

RTCP


The Speech only over the PS domain scenario is realised with 3 IP flows:

· One IP flow for the IMS  signalling

· One IP flow for the transport of the AMR codec.

· One IP flow for the transport of the RTCP packets.

4.2 Video only over the PS domain
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The Video only over the PS domain scenario is realised with 3 IP flows:

· One IP flow for the IMS  signalling

· One IP flow for the transport of the H.263 or MPEG-4 codec.

· One IP flow for the transport of the RTCP packets.

4.3 Real time text only over the PS domain
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The Real-time text only over the PS domain scenario is realised with 3 IP flows:

· One IP flow for the IMS  signalling

· One IP flow for the transport of the T.140 codec.

· One IP flow for the transport of the RTCP packets.

4.4 Speech and video over the PS domain
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The Speech and Video over the PS domain scenario is realised with 5 IP flows:

· One IP flow for the IMS  signalling

· One IP flow for the transport of the AMR codec

· One IP flow for the transport of the RTCP packets for the Audio IP flow.

· One IP flow for the transport of the H.263 or MPEG-4 codec.

· One IP flow for the transport of the RTCP packets for the Video IP flow.

4.5 Speech and real time text over the PS domain
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The Speech and real time text over the PS domain scenario is realised with 5 IP flows:

· One IP flow for the IMS  signalling

· One IP flow for the transport of the AMR codec

· One IP flow for the transport of the RTCP packets for the Audio IP flow.

· One IP flow for the transport of the T.140 codec.

· One IP flow for the transport of the RTCP packets for the real time text flow.

4.6 Video and real time text over the PS domain
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The Video and real time text over the PS domain scenario is realised with 5 IP flows:

· One IP flow for the IMS  signalling

· One IP flow for the transport of the T.140 codec

· One IP flow for the transport of the RTCP packets for the real time text IP flow.

· One IP flow for the transport of the H.263 or MPEG-4 codec.

· One IP flow for the transport of the RTCP packets for the Video IP flow.

4.7 Speech, video and real time text over the PS domain.
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The Speech, Video and real time text over the PS domain scenario is realised with 7 IP flows:

· One IP flow for the IMS  signalling

· One IP flow for the transport of the T.140 codec

· One IP flow for the transport of the RTCP packets for the real time text IP flow.

· One IP flow for the transport of the H.263 or MPEG-4 codec.

· One IP flow for the transport of the RTCP packets for the Video IP flow.

· One IP flow for the transport of the AMR codec

· One IP flow for the transport of the RTCP packets for the Audio IP flow.

4.8 Audio only over the PS domain

4.9 Audio and video over the PS domain

4.10 Audio and real time text over the PS domain

4.11 Audio, video and real time text over the PS domain

4.12 Other data traffic in parallel with voice created by IMS
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Other data traffic and voice only over the PS domain scenario is realised with 4 IP flows:

· One IP flow for other data traffic signalling

· One IP flow for the IMS  signalling

· One IP flow for the transport of the AMR codec.

· One IP flow for the transport of the RTCP packets.

5 Transport option approaches

This sub-clause details the transport options considered within this technical report.  The scenarios apply to GERAN and UTRAN equally.

5.1 Signalling separated; and RTP and RTCP grouped in same PDP context

The principle of this approach is to have the signalling sent on the PDP context for signalling; and to have a PDP context for each RTP flow together with the associated RTCP flow.  It is assumed that separate media components are not multiplexed.

The realization of this approach for the above described scenarios is:

· For “Speech only over PS domain”; 2 PDP contexts are required.  One for the transport of the signalling; and one for the transport of the AMR/RTP and RTCP.

· For “Video only over PS domain”; 2 PDP contexts are required.  One for the transport of the signalling; and one for the transport of the H.263 or MPEG-4 /RTP and RTCP.

· For “Real time text over PS domain”; 2 PDP contexts are required.  One for the transport of the signalling; and one for the transport of the T.140/RTP and RTCP.

· For “speech and video over PS domain”; 3 PDP contexts are required.  One for the transport of the signalling, one for the transport of AMR/RTP together with the associated RTCP, and one for the transport of H.263 or MPEG-4 / RTP together with the associated RTCP.

· For “speech and real time text over PS domain”; 3 PDP contexts are required.  One for the transport of the signalling, one for the transport of AMR/RTP together with the associated RTCP, and one for the transport of T.140 / RTP together with the associated RTCP.

· For “real time text and video over PS domain”; 3 PDP contexts are required.  One for the transport of the signalling, one for the transport of T.140 /RTP together with the associated RTCP, and one for the transport of H.263 or MPEG-4 / RTP together with the associated RTCP.

· For “speech, video and real time text over PS domain”; 4 PDP contexts are required. One for the transport of the signalling, one for the transport of AMR/RTP together with the associated RTCP, one for the transport of H.263 or MPEG-4 / RTP together with the associated RTCP, and one for the transport of T.140 / RTP together with the associated RTCP.

6 Support of UEP

6.1 Description of the UEP feature and identification of the open point(s) on the architecture

6.1.1 Description of UEP

For CS voice calls, Unequal Error Protection allows to differentiate the most and least important speech bits in order to apply different level of protection for different set of bits over the radio interface.  This UEP function brings a better radio optimisation for voice service. For the same reason, Unequal Error Protection could be studied for IMS multimedia conversational services.

6.1.2 Expected UEP gains for IMS multimedia conversational services

editor note: the goal of this section is to summarize gains estimated for UEP

6.2 UEP for VoIP services using AMR-NB or AMR-WB codecs
6.2.1 Proposal 1

To allow the RNC to provide UEP for VoIP service, an approach similar to the one used for CS domain is proposed:

· During an IMS multimedia session establishment, the end-points negotiate codecs and codec modes to be used during the IMS multimedia session. NB-AMR and WB-AMR are the codecs to be used for VoIP.

· After the codec negotiation of the IMS multimedia session both end-points know the agreed codecs and codec modes and the end-points are aware of which AMR Payload structures are expected in case of VoIP.

· At the end of the IMS multimedia session negotiation, the end-points provides the RNC with the information indicating the expected speech frame payload structures.
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· During the VoIP session life:

The RNC compared each speech frame with the “lookup table”.

then the RNC applies different error protection level to each identified part of the speech frame with no difference compared to what it does for UEP in CS domain.
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(3) UTRAN provides UEP

 


· In case the end-point changes the codec via a new SIP negotiation, the end-point provides the new information relative to the new negotiated codecs and codec modes to the RNC.

The following points have to be clarified:

· what exact information are needed by the RNC

· the way the UE provides the information to the RNC

6.2.2 Conclusion
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(3) UTRAN provides UEP
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(4) different protection on different parts of speech frame
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(1) SIP session establishment with codec mode negociation















(2) after IMS session establishment, the end-point provides RNC with information needed to support UEP (“lookup table”)
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