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1
Introduction

It would be highly beneficial for the GERAN networks to be able to support of Video Telephony, but this is currently not feasible using the standards designed for ECSD. A number of areas would require enhancing to make the GERAN a practical solution for seamless video telephony support. This paper focuses on reducing the C/I requirement for video telephony support by proposing enhancements that increase the effective data rate over the radio interface.

2
Background

During the evaluation of the Video Telephony support over ECSD, Vodafone have identified that a likely use case for Video Telephony in GERAN is to provide coverage in areas where it is not feasible to do so with UTRAN coverage. 

It will be challenging for an UTRAN network to reach similar population coverage as that provided by the GERAN and there are a few main areas where this is made difficult: 

· In an urban environment the UTRAN network is planned for given load. If the network rises above this load then in certain geographical areas when the cells breathe, gaps may appear in UTRAN coverage.

· In a rural environment it is more difficult and expensive to roll out a UTRAN network compared to upgrading the existing GERAN network due to the frequency band used for transmission and the new infrastructure required. 

In addition, even in areas where there is UTRAN coverage, an operator may wish to use the GERAN coverage to support Video Telephony services for load reasons, freeing UTRAN resource to be used for services requiring higher data rates. 

It would be therefore beneficial for a network operator to be able to provide a seamless Video Telephony service by using the existing GERAN network. To provide a seamless service, the GERAN would be required to support Video Telephony at a quality of 64 kbps.  Currently for it to be possible to introduce support Video Telephony over the GERAN, a mobile would need to be allocated two timeslots each using F.32 channel coding in the uplink and downlink. If the network operator wants to be able to provide a seamless video telephony service, their network would need to be planned to support a channel coding of F.32 to the cell edge.

The recent Ericsson proposal (GP-041039) of shortening the interleaving for Video Telephony support over ECSD would further increase the network planning requirements on the mobile operator, although a reduction of interleaving is required to provide an adequate Video Telephony service.

It would be exceedingly expensive for many operators to provide this type of quality across their whole network, especially in the rural scenario highlighted above and therefore the standards require enhancing to allow for support of Video Telephony over GERAN. 

3
Enhancement

The main focus of the work was to allow the video telephony to be supported in areas where the C/I is too low to support F.32 channel coding. This could be completed in two ways: 

· Reducing the required application data rate whilst maintaining the same radio resource bandwidth; or

· Maintaining the application data rate whilst allocating additional radio resource. 

As stated in the introduction, the aim was to provide a seamless service between the UTRAN and the GERAN and this would require the application data rate to be maintained.  Hence, it is important to investigate options to increase the protection over the radio interface whilst maintaining the application data rate, in order to meet the more stringent C/I requirements of the cell edge.  

Currently in the specifications for ECSD it is not possible to allocate more than two timeslots in each direction to a single mobile. Therefore the work prioritised the possibility of allowing additional resources to be allocated to a mobile. The following two configurations could be used to allow this additional resource allocation whilst preserving the mobiles multislot class.

· Alternating 3/2 + 2/3 multislot configuration

· Shifted 3 + 3 multislot configuration

3.1
3/2 + 2/3 Multislot Configuration
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Figure 1 illustrates the 3+2 / 2+3 timeslot configuration.

Figure 1 represents the general principle of the alternating between 2+3 and 3+2 timeslot configuration proposal. The rate at which the mobile toggles between the each of the configurations is FFS. Figure 1 illustrates the toggling process using a radio burst as the period, but the period could also be either a radio burst or an interleave period.

This multislot configuration has been designed to work within the multislot capabilities of a handset, but this means that half a timeslot is wasted for the allocation. Whether this half a timeslot could be used for a different service is FFS.

New channel coding of 25.6 kbits per timeslot (64 kbps / 2.5 TS = 25.6 kbps / TS) would be needed to maximize the benefits of the additional half timeslot, because if the existing 28.8 kbits per timeslot coding were reused it would only utilize half the added bandwidth. 

Modifications may also be required to the interleaving on this new half timeslot allocation to avoid introducing any additional delay to the session. If the switch between the 2/3 and the 3/2 timeslots allocation were completed per radio burst or radio block then the radio could take up to twice as long to complete the transmission of a frame.   

3.2
Shifted 3+3 Multislot allocation
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Figure 2 illustrates the shifted 3+3 timeslot configuration
Figure 2 represents the general principle of the shifted 3+3 configuration where the mobile is allocated four timeslots in both the uplink and the downlink, but the mobile only transmits on three of the 4 timeslots in each direction.  

This multislot configuration has been designed to work within the capabilities of a high multislot (class 30+, i.e. Tta=1 and Tra=1) handset, but this means that a whole timeslot is wasted for the allocation. Whether this timeslot could be used for a different service is FFS.

New channel coding of 21.4 kbits per timeslot would be needed to maximize the benefits of the additional timeslot because if the existing 28.8 kbits per timeslot coding were used, only a small part of the additional bandwidth would be utilized. 
4
Questions to TSG GERAN

The following areas require thought in the standardisation process of the above proposals: 

· The current interleaving used for ECSD could cause problematic for “3/2 + 2/3 multislot allocation” proposal, and work is required to ensure no (or minimal) additional delays are introduced.

· Analysis will be required on the power usage on the uplink timeslots.

· The new timeslot allocations and channel coding should not just be restricted to support of the Video Telephony service and therefore can be used for other services.

5
Conclusion

For an operator it would be very attractive to be able to provide Video Telephony across their existing GERAN and UTRAN networks in a seamless manner, without requiring the operator to re-plan their network. 

Vodafone therefore kindly requests feedback to the proposal of introducing one or both of these configurations and also requests that further analysis is completed on these and other enhancements that facilitate the support of Video Telephony across the totality of a typical GERAN network.
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