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1 Introduction

How to support efficient and optimum resource utilisation for IMS/VoIP at least comparable to circuit-switched voice is an important issue for 3G operators. It is recognised that UEP provides advantages in the circuit switched domain should provide similar advantages in the packet domain. This contribution provides input to TR 21.877 to identify an implementation proposal for support of UEP for IMS VoIP.

2 Proposal

To support UEP for VoIP in the UTRAN and to maximise re-use of the UEP mechanisms from the CS-domain, it is proposed that (i) the UE provides the PS core network with the information about the speech frame payload structures during the PDP context activation for the media and (ii) the PS-core network provides the RNC with the required information about the speech frame payload structures. This proposal is made in order to avoid major architecture change because the SDU format information has been defined as one of the QoS parameters exchanges between the UE and the PS-core network (SGSN).
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Figure x: Provision of speech frame payload information via core network

The advantages of this proposal are

1) No need to to add a new protocol interface between the UE and RNC; and

2) The current mechanism  to support UEP for CS-voice can be re-used
3) As a result of 1 and 2, has the least impact on the existing architrecture and the maximum backwards compatibility
3 Proposal

It is proposed that the text in section 2 above is added to TR 21.887 in a new subclause number 7.1.2.2, titled “Proposal 2”. Existing subclause 7.1.2.2 will be renumbered 7.1.2.3.
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(1) SIP session establishment with codec mode negociation















(2) after IMS session establishment, the core network acquires the speech format information from the UE and then provides RNC with information needed to support UEP (“lookup table”)
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(only one side of the call is shown as example)
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