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INTRODUCTION

The capability to support a variety of communication services, independent of the location and access medium a subscriber is currently using, is a clear market requirement. 3GPP has defined the IMS, which is now being considered as the most suitable enabler for this service model. As Voice services are one of the primary communication needs from a subscriber standpoint, and source of revenue for operators, there exist a requirement for the IMS to be used for the purpose of delivering Voice services independent of the access medium. Unification of the services delivery procedures and simplification and rationalization of the underlying core network introduced by supporting all services on the PS domain, are also driving towards the support of VoIP not only on wireline broadband access technologies, but also on wireless broadband access technologies such as WLAN and UMTS/HSDPA. 3GPP has been already working on many aspects to make this possible and we need now to make sure the right 3GPP resources are allocated to finalize this effort. 

Discussion on efficiency

Optimal usage of radio resources is a key factor in making the support of VoIP over UMTS/HSDPA practical. RAN & SA WGs have already been investigating and working on solutions for both performance and efficiency issues. Specifically these include:

· Enhancement for VoIP over shared channels like HSDPA

· HSDPA can be used to support Voice over IP by  carrying voice over HS-DSCH in the DL. Such a transmission scheme allows multiple users to share time and Walsh code resources. The resource sharing permits adaptation to network and channel variations and also reduces the channelisation code limitations that might occur when each user is allocated a dedicated channel. RAN has already approved a work item “Improved support of IMS real time services using HSDPA/E-DCH”.

· Support of VoIP over DCH using Secondary Scrambling code solutions 

· This item is still under investigation in RAN WGs. The RABs supported on the SSC can be used only for cases of excessive data rates for uncompressed ROHC, SIP and SRB data. A loss or delay of these data could lead to delays in the speech and the loss of RTP packts. 

· Performance of ROHC    

· ROHC testing has been agreed in the previous RAN plenary and tasked to relevant RAN working groups to specify the parameters and behaviour of ROHC need to be specified. 

· RAN WG5  and SA4 are the responsible for what needs to be tested.

· Performance characterization of VoIP

· SA4 group provides information on the performances of default speech codecs in packet switched conversational multimedia applications.

· A Work Item on VoIP over HSDPA/E-DCH characterisation has recently been approved by SA plenary and will allow for characterization of voice using HSDPA channels.

· RAB Optimizations

· RAN working group 2 has already defined an optimized RAB for support of Voice over IP over HSDPA (included in TR 25.993) that could carry RTP, RTCP and SIP traffic. 

· SA and CN will provide support for SDP bandwidth modifiers to set up the values that minimizes the impact of RTCP packets on the voice quality.
· RAN WG2 is looking at the support for differentiation of RTP and RTCP packets over the Iu interface when RTP\RTCP multiplexing at the same PDP context..

· Rate Control

· Behaviour definition of transmitters and receivers during AMR codec mode change is defined in the SA4 specification using SDP parameters for AMR.

The volume of SIP signaling required to establish a voice call, if at all desirable or possible, may be further optimized over time by the competent groups in 3GPP (namely TSG CT WG1), if needed and perceived as a requirement from operational experience. The usage of broadband access technologies such as HSDPA may not make the volume of SIP signaling traffic the primary concern of running a mass market VoIP service if the relative volume of traffic compared to the average phone call media component is considered.

For SIP signaling optimisation, there are four possible approaches to streamlining operation of SIP over radio interfaces:

· Use of signalling compression (i.e. SigComp)

· Reduction of the number of round trips in order to complete any action, and therefore reduction of the number of signalling messages required. Unfortunately SIP is not efficient in this matter in providing voice services, but any change in this area will need to be dealt with by IETF rather than 3GPP, if this will be at all deemed appropriate by CT1.

· Reduction of number of messages used to deliver information for example, in presence, where it is possible to decide not to download every change in watched information (if a user's location changes every 5 seconds, the watcher may only be updated every 60 seconds). Not really applicable to voice services.

· Reduction of the information contents of messages. This may be enabled by only providing information that has changed from previous provision using signalling (e.g. partial presence information); by providing information by reference.

Generally these fall into the scope of CT1 area of work within 3GPP, and in many cases with associated work required in IETF. 
Discussion on UTRAN and GERAN specifics

We believe that eventually both the two cellular access technologies should enable the support VoIP. It is important that the technical groups within 3GPP, which have the highest competency in these areas, take the lead in understanding and solving any open issue. RAN and GERAN groups should continue to receive company inputs on issues and solutions related to the support of VoIP, as they have the necessary competence. 

Conclusions

3GPP has been looking at issues for carrying VoIP over UMTS and working on optimizations for some time. Lucent believes that it is important to continue this work and supports 3GPP in its work on making VoIP over UMTS/HSDPA RAT and GERAN RAT suitable for mass market.

Lucent Technologies believe the work on the specific aspects associated to a Radio Access Technology (UMTS/HSDPA and GERAN) needs naturally to be handled in the appropriate groups.  Likewise there will also be work required in CT1 and SA4. Therefore we invite interested companies to continue their support within those groups.
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