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1 Introduction

Video Telephony (VT) in GERAN is an important service that will allow operators to provide a seamless service between GERAN and UTRAN, and so the existing throughput rate of 64kbps of the UTRAN service must be used. The benefit of provisioning an identical Video Telephony offering is to provide improved coverage of the service and better radio resource efficiency when both RATs are available in the network. The QoS and reliability factors need to be high in order for the end customer to be satisfied. Due to this need, Vodafone feel that the existing 28.8 kbps Video Telephony service already standardised in GERAN needs to be increased to 64 kbps, allowing operators to incorporate the service into their networks. Through the introduction of EDGE into the GERAN networks and the use of new coding offering higher data rates, it is possible to realise a 64kbps (UL/DL) Video Telephony service. 

This paper will analyse the Vodafone requirements for enhancements to provide an adequate Video Telephony service in GERAN and discusses assumptions made to reach these positions.

2 Requirements for Video Telephony

The GERAN Video Telephony service will have to meet some stringent criteria in order to adhere to an Inter-RAT fully functional service. Vodafone has produced a set of requirements [see Annex A] outlining the functionality of the service. The basis for the formulation of the requirements is the need for provisioning a service that can offer Video Telephony at 64 kbps and can interwork and function transparently with the UTRAN with minimal delays whilst maintaining radio resource efficiency. In the sub-clauses below, a discussion of the rationale behind the requirements is provided. 

2.1 Quality of Service vs radio efficiency

The Video Telephony service is an offering that requires high quality due to the interactive nature of the service for the user. It is therefore a necessity to offer a flexible level of protection that can be deployed by the network depending on the current radio coverage conditions of the mobile, so that the service is always reliable and resource efficient. This is useful both to the subscriber and the operator because when the user is in good coverage, a lower level of channel coding can be used, therefore requiring less radio resources to provide the same Video Telephony service and maintaining radio efficiency and battery efficiency. In bad radio conditions, the use of lower rate coding channels should be used, thus introducing more overheads and using more radio resources, but the subscriber will be provided the same level of service. 

 In a coverage perspective, when a service is introduced that can interwork between two RATs, once there is coverage overlapping of the two RATs a very good coverage platform is created and depending on load, the CRRM functionality can move MS to the other RANs depending on network needs (assuming MS can work on both technologies). The capability of interworking also provisions the service to a greater coverage area, as the penetration and coverage of both RATs will not be identical.

Functionality that is of interest to operators, which is being studied by TSG SA2, is that of Video Telephony fallback to voice, allowing a subscriber to remain in communication to the B-party even if the radio quality requirements of the Video Telephony service are no longer met. This functionality is useful because it would not result in a dropped call immediately the subscriber is out of Video Telephony supporting coverage as the radio quality requirements for voice only services are far lower. This functionality would seriously assist the maintenance of a low drop call rate while the EDGE-capable-GERAN and UTRAN coverage are being deployed.  

2.2 Seamless service

The ability to have interaction between the Video Telephony offerings in different RATs will offer the seamless service required. The characteristics that will provide this seamless service are the matching of data rate throughputs for Video Telephony, the ability to handover between the RATs, the use of the same codecs and the ability to use transparent bearers to transport the call. 

Regarding the data rates, the ability of channel coding to provide the 64 kbps UL/DL service will be a significant part of seamless GERAN-UTRAN offering. Architecturally it is desired that a transparent data service be used such that it will not require additional functionality in the CN. 

The handover capability between different RATs will assist the Video Telephony service being successful. The ability to move between the services will encapsulate coverage and overlaying of the RATs thereby offering the users a more efficient and available service.

The use of the same codecs as those supported in UTRAN is imperative for the provision of a seamless service. If the video stream was encoded differently then the Video Telephony service within the RATs will not be able to function together. Also, as the codecs continue to be refined and progressed, mobile terminals will become faster at encoding/ decoding and it will assist in providing a Video Telephony service with a lower delay to the user. Presently the two codecs supported for the UTRAN Video Telephony service are H.263 and MPEG4, while H.264 is expected to be included within Rel-6 timescales. Due to the presence of multiple codecs, an application layer codec negotiation process is used prioritising H.264, followed by MPEG4 and the H.263.
2.3 delay

The user experienced end-to-end delay of the service is made up of: MS delays in processing of codecs, radio interface delay, delay in network nodes, backhaul transmission delays and delays in the core network. Delays in GERAN should be less than or similar to that in UTRAN.  There are 3 areas of delay, which relate to Video Telephony services: Video Telephony call establishment, operational delays and handover.

The Video Telephony call establishment delay is the time it takes to setup the Video Telephony call and synchronise codecs. Studies have shown that the call setup time in GERAN is smaller than that in UTRAN, so there should not be any issues with this delay. 

Regarding operational delays, as long as a constant delay is experienced by users and the maximum delay in end-end setup is approximately 230 ms, then the user experience is deemed acceptable. The use of modems are also not desired as they would add to the delay and increase the amount of signalling required between the MS and the network.

The handover delay is based on the interworking effectiveness of the RATs. A minimal delay is expected in the handover between the two technologies if the same codec is used and if the service uses transparent bearers, as it is similar to handovers for CS voice calls between the RATs. 

Based on the above, a few requirements are suggested that propose maximum values for certain functions. For interleaving, the maximum acceptable interleaving depth of 60 ms will provide a compromise between the radio link delay and path loss.

2.4 other

With the introduction of Video Telephony services, there will be a few parameters that will need updating in order to cover the added functionality to be present in the GERAN network. The first regards billing and in particular, the CDRs will have to be modified to bill a customer depending on whether they are using the ECSD coding schemes for data or Video Telephony services, i.e. the MSC will need to be aware whether the service is data or video.

With the introduction of IMS, the requirement for simultaneous CS and PS service functionality will increase, and in order to provide a seamless user experience between UTRAN and GERAN, the support of the DTM functionality is required. The availability of DTM capabilities whereby the MS can function at the same time in both a Video Telephony service as well as a low data rate PS service should be studied.  
3 Conclusion

In this paper, the Vodafone requirements for Video Telephony in GERAN have been discussed. The properties of the GERAN support for the Video Telephony service, where possible should match that of the UTRAN support, so that a seamless user experience is provided.  

The proposed text for the assumed requirements for Video Telephony support in GERAN is provided in Annex A, which should be discussed and where possible incorporated into the TR titled, “Feasibility study of enhanced support for Video Telephony service over GERAN via the A interface.”

Annex A – Proposed requirements and working assumptions

Proposed TR, Section 4:

“Requirements and working assumptions for enhanced support for video telephony service over GERAN via the A interface”

4.1 Requirements

1) GERAN interfaces to the core network shall use the existing A interface.

2) Multi-mode terminals shall be able to perform seamless handover between GERAN and UTRAN for Video Telephony.

3) The GERAN support for Video Telephony should function with different codings depending on varying radio coverage.

4) GERAN shall be capable of varying the quantity of resource assigned during a Video Telephony call.

5) Video Telephony will be designed to maximise cell coverage.

6) The GERAN support for Video Telephony shall, where possible, align with the functionality and capabilities in UTRAN support for Video Telephony.

7) Delays introduced by interleaving used in GERAN to support Video Telephony shall be limited to 60 ms.

8) Service information is required to distinguish between data and Video Telephony services in GERAN.

9) The GERAN support for Video Telephony shall use the same codecs as those used in UTRAN Video Telephony.

10) The end-to-end timing for a Video Telephony call shall be limited to 230 ms.

4.2 Working Assumptions

1) New charging mechanisms for the Video Telephony functionality will be introduced where necessary.

2) GERAN should allow Video Telephony fallback to Voice if no coverage is available.

3) Video Telephony is GERAN shall not be dependant on modems.

4) The introduction of FLO support should be considered.

5) The Video Telephony service should function alongside low data rate PS sessions when required.






