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1 Introduction

This document aims at providing a contribution to [1] in terms of requirements and working assumptions. It is suggested to discuss the proposed ones and decide if and which of them can be included in [1]. The proposal does not include requirements already suggested in [2] to be included in [1]. As regards the working assumption on a set of channel coding schemes, it is suggested to define new channel coding schemes based e.g. on the two multislot configurations defined in [3].  
2 Requirements 
Proposal for text to be included in Sect. 4.1 in [1]:
· One-way mouth to ear delay, as defined in ITU-T recommendation G.114, shall be of approximately 240 ms in MS to MS video calls. This delay has to be increased by the delay due to the video clients in UL and in DL.
· A bit error rate of 10-4 shall be defined as a reference performance.
· The C/I or C/N values required to meet the reference performance shall not exceed the corresponding C/I or C/N values for EFR by more than approximately 6 dB for the least robust specified channel coding scheme.

· It shall be possible to switch from video telephony to DTM and vice versa. The switching shall be performed on user’s request.
3 Working assumptions 
Proposal for text to be included in Sect. 4.2 in [1]:

· The interleaving depth will be equal to 60 ms for all the specified channel coding schemes.

· A set of channel coding schemes, each one with a specific data rate/TS, will be specified. Each channel coding scheme will provide 64 kbps over a specific number of TSs (one of them could be half TS).
· The number of TSs assigned to a video call may range from (2 DL + 2 UL) to (4 DL + 4 UL). Not necessarily all the assigned TSs are actually (on a per TDMA frame basis) used during a video call.  
· Link Adaptation will be provided in order to select the channel coding scheme depending on the radio conditions and the number of TSs depending on the radio resource availability as the best trade-off for providing 64 kbps per video call.

· Switching from video telephony to DTM and vice versa may be performed on a different number of allocated TSs and/or on a different TRX.
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