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INTRODUCTION

3GPP Release 5 and Release 6, through the introduction of the IP multimedia subsystem, have made significant advancements towards All-IP multimedia communication.  Through the ongoing cooperation with the ETSI-TISPAN work, it is expected that this would be completed for case of a fixed broadband access with the finalisation of the supplementary services for telephony.

In addition to the work required to support a fixed broadband access there are additional challenges involved with supporting All-IP multimedia communication over a cellular access. In particular additional optimisations are required, in order to efficiently support the voice component of a mass market All-IP multimedia communication system.

As currently 3GPP does not have a defined service for IP Multimedia Telephony over a cellular access, this document raises some of the issues that have been identified that would require further study for the support of All-IP multimedia communication over a cellular access.

Discussion

The solutions to the technical challenges related to the efficient realization of conversational multimedia supporting VoIP will depend upon the focus of the optimisations. This paper assumes that optimisations would favour the scenario of when voice (only) is used while still allowing the flexibility for multiple media communication.  The granularity of the issues ranges from system wide issues, through to the study of most efficient means to transport the signalling and voice packets over the radio network.

Some of the System Issues that have been raised either in the industry in general or in 3GPP meetings and require consideration include:

· To achieve interoperability the terminal and the network, the All-IP multimedia communication service including the GPRS/RAN enhancements need to be documented. 

· In order to optimise the Radio Bearers the RAN may have the need for more information about the service than what is available today. This will depend on the overall system procedures, and the bearer approach chosen on the access. If required, this information would need to be provided to RAN from the Terminal and/or the NW.

· Depending on the access, and accordance with currently industry deployments, CS bearers have higher priority than GPRS bearers, e.g. one user may establish a new CS call and cause interference with the VoIP packet bearers for another user. A solution to provide reasonable priority for the SIP signalling bearer, the voice media bearer and bearers for other media component is required to be studied.

· It is foreseen that any solution that requires radio or core network impacts may be deployed in phases.  As such, service continuity between IP multimedia telephony and cellular coverage not supporting VoIP is required.

In addition to the transport of the media (covered below), the transport of the SIP signalling has been raised before and requires consideration.  Some of the issues to be considered include:

· Volume of SIP signalling required for the establishment of a voice call.
The current procedures for the establishment of a voice call require a large number of SIP messages, which has an impact on both the characteristics, from an end-user perspective, and radio resource utilisation perspective.  A study into whether the number and volume of the SIP messages can be further reduced in order to reduce the resource utilization and increase the end-user characteristics.

· Volume of call related SIP signalling which can occur while a voice session is ongoing.
As other incoming call requests can occur while an end user is already engaged in a voice call, study is required in order to ensure that the signalling for the offering of the new call does not interfere with the ongoing voice communication.

· Volume of non-call related signalling
Signalling related to other services, such as presence, could occur while a user is in a voice call.  It can be questioned whether such signalling should be treated with the same priority as the call related SIP signalling.  Study on this issue needs to take steps to ensure that the voice media is not interrupted by such signalling.

· Handling of the network in the case that the signalling bearer is lost
It is likely that an established call/session should not be continued in the case that the IP bearer for the signalling is lose, however currently the specifications do not provide support for this.

One of the primary issues is the efficient transport of the voice media between the UE and the network.  This can have an immediate impact on either the coverage or capacity of a radio cell.  There are a number of aspects that may influence the technical solution.  Some of these are listed below.

· Radio Access technology:
The UTRAN and the GERAN have different technical characteristics and capabilities leading to each having their own issues.  Consideration has to be given to whether the same type of solution for the transport of voice media is required for both solutions, or whether the IMS level needs to be aware of any difference in the solution or not.

· Shared or dedicated radio channels, e.g. HSDPA/EUL or DCH for WCDMA. Much work has been made on VoIP over dedicated channels for WCDMA producing mature technical solutions. More recently capacity and technology potential is shown when using VoIP over shared channels such as HSDPA. With VoIP over HSDPA it is important to study the achievable characteristics in terms of jitter and end-to-end latency. It is of importance to study differences in characteristics and potential for VoIP over shared or dedicated channels to understand difference in system and terminal impact.

· UEP/UED
Unequal error protection (UEP) provides a means to transport less important bits of speech packets at a lower level of protection– reducing the spectrum required for the transmission of the voice packets over the air interface.
Unequal Error Detection (UED) is the ability to avoid error detection on parts of an IP packet in order to prevent unnecessarily discarding IP packets that contain an error in the error tolerant payload (such as the voice media). 

Evaluation is required as to whether or not UED and/or UEP is required for multimedia telephony, and if so, an appropriate means to realize it is needed to be studied.

· Rate Control
Rate control provides a mechanism to adjust the mode of the AMR codec to a lower or higher bit rate depending on the radio conditions and loading.  The rate control requires communication between RNC/BSC and the codec in order to request a modification of the sending rate (a mode change).  Evaluation of whether rate control is required for VoIP is required, and if so, an appropriate means to realize it needs to be studied.

· Support of variable size IP packets (e.g. due to varying size of compressed headers).
Any header reduction including ROHC that is supported in 3GPP specifications need support from the link layer. Among other things it is needed to able to transmit larger packets (with full headers) at the beginning of the session to initiate the header compression scheme.  Consideration is required into the impact on coverage that arises from the variable nature of the IP packets.

When considering the impacts of the above issues, consideration has to be given to the impact on the characteristics of the solution – both in terms of the number of simultaneous calls that can be supported / Mhz of spectrum, but also in terms of the Grade of Service (call establishment blocking rates and call drop rates) that is exposed to the end-user.

The above issues have an impact on the selection of the appropriate radio bearer (or equivalent thereof).  Some of the radio bearer approaches for the transport of the voice media that have been identified in the industry include:

· Shared channels (HSDPA)
The approach of using HSDPA, including the support for enhance up-link, provides for shared radio resources for the support of all communicating users.

· Dedicated channels (DCH) with VoIP.
This approach applies the use of a dedicated radio resource, in a similar way that CS voice calls are realised today.

· IP header removal
This approach requires the termination of the IP flows in the network, and re-use of the existing radio bearers over the air interface.

· EDGE

All of the above solutions have advantages and disadvantages, and may arrive to the market with differing timings.  In order to obtain mass-market terminals, the industry is required to converge on one or two of the above solutions for the support of the voice media over the air-interface

In general, the issues that have been raised in this contribution are not new.  For multimedia telephony over a cellular network is to become a mass market reality, then guidance is necessary on at least these previously raised issues.

Conclusion

This contribution raises a number of issues that need further study in order to support the mass market telephony / IP for a cellular access.  It is suggested that 3GPP initiates work in order to resolve these issues.

