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1 Introduction

This document aims at providing a contribution to [1] in terms of service continuity aspects and technical solutions. It is also suggested to introduce some minor modifications in some clauses to align the content with the current specifications for E-TCH/F32 and with the current working assumptions in [1]. As regards the new introduced Sect. 8.1, it relies on and comes from [2].  

2 Proposed modifications and contribution
6.1
Coverage and link performance for CS video telephony

There are differences between the radio link performance for CS video telephony service using the 64 kb/s transparent bearer in ECSD and full rate speech (EFR). The main reason for this difference is that the ECSD timeslots are transporting almost 3 times the number of bits per timeslot compared to the full rate speech service. The higher bitrate for the ECSD timeslots implies a higher sensitivity to radio disturbances like noise and interference. 

During the work on video telephony for WCDMA 0.2-0.3% block error rate per link has been considered to give good video quality, see [5]. The C/I or C/N required to achieve this with E-TCH/F32 (interleaving depth corresponding to 60 ms)  is approximately 6 dB higher than the C/I or C/N necessary to give a corresponding quality level for full rate speech (EFR).

However, in a coverage study performed by Ericsson for a real radio network it is shown that the coverage still can be rather good in most areas except for rural. The details for this study are presented in section 6.1.1.
6.1.2
Considerations for ECSD in a real network

Due to the relatively high interleaving depth (corresponding to 60 ms) and relatively low code rate (0.468), E-TCH/F32 performance is better with frequency hopping than without. For example, the difference between ideal frequency hopping and no frequency hopping in a TU3 environment at 900MHz exceeds 10 dB in noise, co-channel interference, and adjacent channel interference. Moreover, the absolute C/I values needed to achieve 0.25% block error rate in TU3noFH exceed 25 dB. Such high C/I ratios would be difficult to achieve over wide areas and very expensive in terms of radio resources. The conclusion is that a video telephony service over ECSD must be placed in a frequency hopping channel group.

Even with frequency hopping, E-TCH/F32 is considerably less robust than EFR and AMR speech at their appropriate operating points. The loss in sensitivity and interference tolerance compared to EFR is about 6 dB. This naturally translates into a loss of coverage in noise-limited environments. In interference-limited environments, a separate “high quality” frequency hopping channel group with a sparse reuse and/or low frequency load is needed if the video telephony and traditional telephony services are to be available over similar areas.

6.1.3
Improvements to the link performance for CS video telephony 

 As seen in previous chapters there is a difference in radio link performance between CS video telephony and full rate speech (EFR), especially in rural areas. To provide the same coverage for CS video telephony as for full rate speech (EFR) in rural areas, there will be a trade-off between coverage and quality or capacity.

The main items when improved link performance for CS video telephony is discussed are: 

· New channel coding, this will probably not improve the link performance enough for the rural coverage. 
· Improved receiver performance, there might be receiver improvements that can be made for the CS video telephony service.

· Use more TSs for the CS video telephony service over the air interface. This will have negative impact on the capacity and the possible reduction of the output power from the MS can limit the benefit with this. This might also require MSs that can transmit and receive at the same time.

· Decrease the quality of the CS video telephony service in areas with bad coverage to maintain the connection. Examples on this are to use 32 kb/s transparent bearer (this is still an open issue) when the quality for the 64 kb/s transparent bearer is too bad or to switch to normal speech in these areas. This will have negative impact on the quality and may give interoperability problems with WCDMA.
7
Service Continuity aspects


In areas covered by GERAN, service continuity will be guaranteed by adopting link adaptation, i.e. using channel coding schemes with lower code rates and assigning a higher number of TSs to the video call, whenever required by the changed radio conditions.
Based on the coverage study reported in Sect. 6.1.1, the worst link budget difference between video and speech applies for the MS transmitter case, where such difference is estimated to be 9 dB. In such a case, the use of the most robust specified channel coding scheme would imply that the C/I or C/N values are close to the ones required for EFR [according to requirement g) in Sect. 4.1]. In turn, that implies the link performance factor is roughly equal to 0 dB, leading to a residual link budget difference  between video and speech of 3 dB. Such a gap may be further reduced by adopting receiver improvements (according to the 2nd bullet in Sect. 6.1.3).
In case of inter-RAT handover (e.g. passing from an area covered by UTRAN to an area covered by GERAN only or performing such handover for load reasons), service continuity will be guaranteed via seamless handover between GERAN and UTRAN and inter-working between GERAN and UTRAN video telephony services [according to requirements a) and b) in Sect. 4.1]. 
Another way of service continuity is the fallback from video telephony to speech in the following cases:

· bad quality
· handover
· first step for switching from video telephony to DTM
[according to requirements h) and j) in Sect. 4.1].
8
Technical Solutions


8.1
New channel coding schemes
Besides E-TCH/F32, a set of new channel coding schemes will be specified, each one providing 64 kbps over a specific number of TSs, among which one could be half TS [according to working assumption b) in Sect. 4.2]. 
Any new specified channel coding scheme will provide a lower code rate and require a higher number of TSs to be assigned to the video call compared to E-TCH/F32, to guarantee service continuity, as highlighted in Sect. 7.

Among the possible new channel coding schemes, 2 proposals are reported hereafter:
· Alternating 3/2 + 2/3 multislot configuration

· Shifted 3 + 3 multislot configuration
8.1.1
Alternating 3/2 + 2/3 multislot configuration
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Figure 1: Alternating 3/2 + 2/3 multislot configuration
Figure 1 represents the general principle of the alternating between 3+2 and 2+3 timeslot configuration proposal. The rate at which the mobile station switches between the 2 configurations has to take into account the interleaving depth and is FFS (modifications may also be required to the interleaving on this new half timeslot allocation to avoid introducing any additional delay to the connection). 
This multislot configuration is compliant with the multislot capability of a mobile station requesting Ttb = 1 and Tra = 2, but this means that half a timeslot is wasted on an average for the allocation. Whether this half a timeslot could be used for a different service is FFS.

A new channel coding scheme of 25.6 kbps/TS (64 kbps/2.5 TS = 25.6 kbps/TS) is needed to maximize the benefits of the additional half timeslot. 

8.1.2
Shifted 3 + 3 multislot configuration

[image: image2.wmf]Tx

Rx

Mobile skips transmission

Network skips transmission

Neighbour Cell

Measurement


Figure 2: Shifted 3 + 3 multislot configuration
Figure 2 represents the general principle of the shifted 3 + 3 configuration where the mobile station is allocated 4 timeslots on both the uplink and the downlink, but it only transmits and receives on 3 of the 4 timeslots.  

This multislot configuration is compliant with the multislot capability of a mobile station requesting Ttb = 1 and Tra = 1, but this means that a whole timeslot is wasted for the allocation. Whether this timeslot could be used for a different service is FFS.

A new channel coding scheme of 21.4 kbps/TS (64 kbps/3 TS = 21.4 kbps/TS) is needed to maximize the benefits of the additional timeslot.
8.2
Link Adaptation
According to working assumption c) in Sect. 4.2, Link Adaptation will be provided in order to select the most suitable channel coding scheme depending on:

· radio conditions,
· radio resource availability. 
The selection has to be performed as the best trade-off for providing 64 kbps per video call.
Table 1 provides the general principle of a qualitative selection of the channel coding scheme among E-TCH/F32 and the 2 proposals reported in Sect. 8.1.

Table 1: Qualitative selection of the channel coding scheme
	Selected channel coding scheme
	Radio conditions
	Radio resource availability

	E-TCH/F32
	good
	limited

	25.6 kbps/TS
	worsen
	increases

	21.4 kbps/TS
	bad
	guaranteed
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