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Requirements for the Enhanced CS Video Telephony feasibility study

1 Introduction

The proposed requirements for the feasibility study is stated and explained in chapter 2. Some parts of this discussion paper is suggested to be included in the TR for Feasibility study for enhanced support for video telephony service over GERAN via the A interface, see [1], and these are included in Annex A

The requirements proposed by Vodafone, in [2], has been considered when the requirements in this document have been suggested.

2 Requirements

The actual wording of each proposed requirement can be found in the end of each subchapter and in Annex A.

2.1 Seamless handover between GERAN and UTRAN

It shall be possible for end-users with multi-RAT GSM/WCDMA MSs to perform seamless handover between GERAN and UTRAN when the 3G-324M video telephony service is used.

Our interpretation of the seamless handover is that the requirements are on the actual handover mechanism and not on the perceived end-user experience. With the same seamless handover as for CS speech the perceived end-user experience for CS video will be worse. This is due to that there will be a number of video frames that is lost during the handover and the errors from these will last longer than the actual outage time. This degradation of the perceived end-user experience will also be achieved at all types of handovers in GERAN since no soft handover mechanisms exist.

The proposed wording of the requirement is:

Multi-RAT terminals shall be able to perform seamless handover between GERAN and UTRAN for CS video telephony.

2.2 Interworking between GERAN and UTRAN

It shall be possible to make CS video telephony calls between GERAN and UTRAN.

The proposed wording of the requirement is:

The GERAN support for CS video telephony shall interwork with the current UTRAN video telephony service.

2.3 The CS video telephony in GERAN shall be based on 3G-324M

The CS video telephony in GERAN shall be based on the 3G-324M video telephony standard [3]. This standard is used in UTRAN and should therefore also be used in GERAN for simplification. 

The proposed wording of the requirement is:

The GERAN support for CS video telephony shall be based on the 3G-324M video telephony standard.

2.4 Same coverage as for EFR speech

To achieve an easy deployment of CS video telephony in GSM it would be beneficial if the link performance between the CS speech and CS video telephony service not differ too much. It is therefore suggested to have a requirement on the coverage since this is seen as an important issue for CS video telephony in GSM. The requirement maybe looks a bit loose since it is stated “close to” but it also feels too hard to state that they shall be equal since there is about 6 dB difference in the link performance today.  

According to [5] an acceptable video telephony quality is achieved at a bit error rate of 10-4 and in this section it is used as a threshold to decide if there is video telephony coverage or not.
The proposed wording of the requirement is:

The coverage for CS video telephony shall be close to the coverage for EFR. There is no video coverage in areas that has a bit error rate that is higher than 10-4 for the video telephony service. 
2.5 End-to-end delay for CS video telephony in GERAN

Since the media delay is critical for the video telephony service in GSM it is suggested to have a requirement for the end-to-end delay between the video clients. Since GERAN has no control of the delays in the video clients these should be excluded from the delay requirement. In [4] an estimation of the audio delay for the 3G-324M Video telephony service in GSM was presented and the total sum for the delay was 356 ms. The difference in interleaving and the delays for the video clients shall be extracted from this figure. The delays created by the video client in uplink are Ta/d, Margin, Tsample, Tcompr & Tmultiplex (1+2+25+15+20=63 ms) and for the downlink it is Tdemultiplex, Tdecompr, Margin & Td/a (1+5+2+1= 9ms). The end-to-end delay between the video clients is:
356 - 2*50 (the difference between the old and the new interleaving) – 63 (delays due to video client in UL) – 9 (delays due to video client in DL) = 184 ms 

We are adding an extra margin of 6 ms to the end-to-end delay and this gives a total end-to-end delay of 190 ms.  

The proposed wording of the requirement is:

The end-to-end timing between the video clients shall not exceed 190 ms. 

2.6 Enable fallback to speech for CS Video Telephony

Fallback to speech can be needed in two different cases, either it is:

· due to bad quality.

· due to that the video telephony service is not supported in the target cell at handover.

Even if there already exist one requirement that states that the coverage for CS video telephony shall be close to EFR the fallback to speech functionality is considered as important. Even if the coverage for CS video telephony will be close to the EFR coverage there can still be spots in a network where the quality is to bad for the video service.

If the video telephony service is not supported in the target cell at handover it shall be possible to do fallback to speech. The handovers can be intra GERAN or at handover between GERAN and UTRAN.

The fallback to speech function is seen as more important than the speech to VT functionality and in order to not have a too complex solution the last function is excluded from the requirement. Still the speech to VT service change is an important functionality and it is therefore included in the general recommendation that also this functionality should be studied.

The proposed wording of the requirement is:

It shall be possible to perform a fallback to speech from video telephony at bad quality or at handover. The fallback can be either network –controlled or mobile station-controlled.
2.7 DTM shall be possible to use together with CS video telephony 

It shall be possible for a user that is involved in a video telephony session to send and receive PS data. The video telephony service shall function alongside low data rate PS sessions when required.

The proposed wording of the requirement is:

It shall be possible to run a CS video telephony and a PS service simultaneously.

3 General Recommendations

3.1 Support of VT with numerous coding schemes

The proposed wording of the general recommendation is:

The support of VT with numerous coding schemes to be used for varying radio coverage should be investigated.

3.2 Adaptation of the number of timeslots used for a VT call

The proposed wording of the general recommendation is:

The possibility of varying the quantity of resources assigned during a VT call should be investigated.

3.3 Use of lower codec rates

The proposed wording of the general recommendation is:

It should be investigated if lower codec rates than 64 kbps would give good enough quality for the VT service.

3.4 Possibility to change from speech to VT

The proposed wording of the general recommendation is:

It should be investigated if a service change from speech to video should be possible to initiate by the network and/or the mobile station.
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Some parts of the text in this discussion paper are suggested to be included in the TR for Feasibility study for enhanced support for video telephony service over GERAN via the A interface, see [1].

The text in section A.1 is suggested to be included in the requirement section and the text in A.2 is suggested to be included in a new chapter called General Recommendations (chapter 4.3).

A.1 (4.1) Requirements

1) Multi-RAT terminals shall be able to perform seamless handover between GERAN and UTRAN for CS video telephony.

2) The GERAN support for CS video telephony shall interwork with the current UTRAN video telephony service.

3) The GERAN support for CS video telephony shall be based on the 3G-324M video telephony standard.

4) The coverage for CS video telephony shall be close to the coverage for EFR. There is no video coverage in areas that has a bit error rate that is higher than 10-4 for the vide telephony service.
5) The end-to-end timing between the video clients shall not exceed 190 ms.

6) It shall be possible to perform a fallback to speech from video telephony at bad quality or at handover. The fallback can be either network –controlled or mobile station-controlled.

7) It shall be possible to run a CS video telephony and a PS service simultaneously.

A.2 (4.3) General Recommendations

1) The support of VT with numerous coding schemes to be used for varying radio coverage should be investigated.

2) The possibility of varying the quantity of resources assigned during a VT call should be investigated.

3) It should be investigated if lower codec rates than 64 kbps would give good enough quality for the VT service.

4) It should be investigated if a service change from speech to video should be possible to initiate by the network and/or the mobile station.
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