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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

Introduction

The same type of circuit switched (CS) video telephony service as in UTRAN can be provided today in GSM/EDGE Radio Access Network (GERAN) using Enhanced Circuit Switched Data (ECSD).  The UTRAN service is using a 64 kbit/s bit transparent radio bearer and for ECSD this is achieved by using two E-TCH/F32 time slots.

When comparing the radio link performance for the circuit switched video telephony service using ECSD and normal speech (enhanced full rate speech) in GERAN there is a substantial difference. This difference can limit the video telephony service to only a part of an existing network.

The interworking between UTRAN and GERAN for the video telephony service is also considered as an important area since video telephony service in GERAN is seen as a complement to the UTRAN service.

The objective of this TR is to provide an overview of the possible enhancements for video telephony in GERAN via the A interface, areas that are considered are coverage, service continuity and quality.

1
Scope

The present document provides an overview of the possible enhancements to the circuit switched vide telephony service in GERAN.

2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies.  In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
ITU-T Recommendation G.114, “One way transmission time” 

3
Definitions, symbols and abbreviations

3.1
Definitions

For the purposes of the present document, the following terms and definitions given in 3GPP TR 21.905 and the following apply.

<keyword>
<Definition>

3.2
Symbols

For the purposes of the present document, the following symbols apply:

<symbol>
<Explanation>

3.3
Abbreviations

For the purposes of the present document, the following abbreviations apply:
CS
Circuit Switched
ECSD
Enhanced Circuit Switched Data
GERAN
GSM/EDGE Radio Access Network

UTRAN
Universal Terrestrial Radio Access Network

Other abbreviations used in the present document are listed in 3GPP TR 21.905.

4
Requirements and working assumptions for enhanced support for video telephony service over GERAN via the A interface

4.1 Requirements

< NOTE: This clause will state the different requirements that shall be fulfilled by the enhanced support for CS video telephony service over GERAN. >
4.2 Working assumptions

< NOTE: This clause will describe the working assumptions. >
5 Quality aspects

5.1 ECSD/3G-324M media delay

In ITU-T recommendation G.114 [1] the effects of one way transmission delay on a telephone connection is described. Although G.114 is dealing with telephone (i.e. speech only) connections it is reasonable to use it for the audio part of video telephony as well.  
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Figure 2. Quality versus delay. 
Figure 1 shows how the end user perceives the connection quality as a function of one-way mouth to ear delay according to G.114. The main reason why a long delay is not acceptable is that it becomes hard to switch direction in a conversation and the two parties will talk at same time. 

All speech services in GSM (i.e. full-rate, enhanced full-rate, AMR full-rate etc) have a one way delay of approximately 200 ms in MS to MS calls which, according to Figure 1, will not degrade the quality. 

It is important that new suggested improvements for enhanced support for CS video telephony does not make the one-way delay exceed 400 ms.

6 Coverage aspects

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 22)  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 3.1.

6.1.1
Coverage study

This coverage study has been performed by using an Ericsson developed coverage prediction tool called TEMS Cell Planer Universal 5.1. It is the downlink coverage that is considered with this tool. Input to this tool has been parameters from a real network and assumptions on the signal strength requirement and other relevant link budget parameters. The figures on the parameters can be found in table 1 and table 2.

There are three different figures on the assumption for signal strength requirement on video telephony, and this is because there are some extra factors that can reduce video telephony coverage compared to full rate speech (EFR).

These factors are:

· Link performance. The requirement on C/I or C/N is approximately 6 dB higher for video telephony compared to full rate speech (EFR).

· Lower average out put power. For a given maximum amplitude the average transmission power in 8-PSK will be lower than in GMSK due to the peak to average variations. This difference between GMSK and 8-PSK is ~3dB.

· Transmitter linearity. 8-PSK modulation has a varying envelope which imposes stricter linearity requirements on the transmitter than GMSK. Depending on transmitter design, it may be necessary to “back-off” and transmit 8-PSK with lower power than GMSK.

· Mobile power reduction. It is permitted in 3GPP 45.005 for terminals to reduce the output power when transmitting on more than one timeslot. The main reason is to control heat dissipation. For two time slot transmission the permitted power reduction is 3 dB. This reduction is not mandatory, and it might be possible to keep the same output power per timeslot when transmitting on two timeslots.

There is also another factor in the link budget that is different between full rate speech (EFR) and CS video telephony and that is:

· Body loss. In a link budget a so-called “body loss” factor is included. This factor models the attenuation caused by the body of the user. For video telephony in WCDMA the body loss factor is set to zero since it is expected that a video user will hold the terminal in the hand instead of close to the head which will reduce the body loss.

Table 1 summarizes three different combinations of these factors. The background for the three cases is:

· Best case. In this case there are no differences in output power for GMSK and 8-PSK. This can be realistic in a scenario with short site-site where it is not needed to use full output power.

· Linear transmitter. In this case there are lower average output power for 8-PSK compared to GMSK due to the peak to average variations for 8-PSK. Linear transmitter sending GMSK at full power but no penalty for sending on two timeslots. Realistic in downlink and may be realistic in some in terminals.

· MS transmitter. Same as “Downlink” but with an additional 3 dB lower power for the linearity aspect to set a case more realistic for the uplink. No additional power attenuation has to be added for “MS power classes” since the transmission power is already 6 dB less than for GMSK due to the other factors.


Table 5 Speech – Video link budget difference

	Factor
	Best case
	Linear transmitter
	MS transmitter

	Link performance
	- 6 dB
	- 6 dB
	- 6 dB

	Peak/Average
	0 dB
	- 3 dB
	- 3 dB

	Linearity
	0 dB
	0 dB
	-3 dB

	MS power classes
	0 dB
	0 dB
	0 dB

	Body loss
	+ 3 dB
	+ 3 dB
	+3 dB

	Total:
	- 3 dB
	- 6 dB
	- 9 dB


These three cases (or a subset) are used in the coverage analysis in the following sections.

Other relevant parameters that have been used in the simulations are described in table 2.

Table 6 Parameters used in the simulations

	Antenna
	65 degrees, 16.5 dBi

	Mobile sensitive
	-104 dBm

	Raleigh fading margin
	3 dB

	Interference margin
	2 dB

	Traffic
	Uniform

	Number of cells, dense urban
	105

	Number of cells, suburban 
	117

	Dense urban map
	- 5m resolution in path loss predictions

- Main clutter types: building and open

- GSM-900 urban prediction model

	Suburban map
	- 50 m resolution in path loss predictions

- Main clutter types: suburban, trees forest, lake etc.

-9999 prediction model

-LNF outdoor margin 95% coverage probability: 3 dB

-LNF indoor margin 95% coverage probability: 6.8 dB

- Building penetration loss: 12 dB


6.1.1.1
Urban environment

Parameters from a real radio network in a dense urban environment are used in this section. The coverage prediction is made for 900 MHz. 

Only macro sites were used in the predictions, no micro cells and no dedicated indoor systems. The site to site distances are in the range of 100-800m. The map used contained detailed building data with a resolution of 5 m but no windows. The main coverage holes seen in the simulations were in large buildings that may be covered by dedicated in-building systems or from outdoor through the windows.

Table 7 Coverage for GSM 900 in a dense urban network

	Service
	Speech
	Video

(Best case)
	Video

(Linear transmitter)
	Video

(MS transmitter)

	Signal Strength Requirement
	-96 dBm
	-93dBm
	-90 dBm
	-87 dBm

	Indoor Coverage
	97.8%
	96.8%
	95.4%
	93.4%

	Outdoor Coverage
	100%
	100%
	100%
	100%


In Table 3 the results of the predictions is shown. They show a loss in indoor coverage for video compared to speech but the loss is quite small. It can be discussed what level of coverage should be considered acceptable. It is reasonable to accept some loss. If not it can be fixed with a limited number of new sites.

6.1.1.2
Suburban environment

Some downlink predictions have also been made for a suburban area with site to site distances of 500m to more than 3 km. For a coverage probability of 95%, i.e. a 95% probability to have a signal strength exceeding the required value within the coverage, the indoor coverage for video can in most cases be considered acceptable. The video coverage holes can be taken care of with a limited number of new sites. The 95 % level is a planning criteria often used.

A suburban network is generally planned with less coverage margins compared to an urban network as the requirements on capacity and indoor coverage is less stringent. This may result in that video coverage is more of an issue than in an urban network. 

Table 4 shows the result of the suburban predictions. Note that the difference in signal strength requirements between the urban and suburban prediction is due to the lack of building data in the suburban predictions. A building penetration loss and a Log Normal Fading (LNF) margin have to be added in the suburban case. 

Table 8 Coverage for GSM 900 in a suburban network

	Service
	Speech
	Video

(Best case)
	Video

(Linear transmitter)
	Video

(MS transmitter)

	Indoor Signal Strength Requirement
	-77.2 dBm
	-74.2dBm
	-71.2 dBm
	-68.2 dBm

	Indoor Coverage
	97.6%
	93.2%
	85.6%
	74.6%

	Outdoor Signal Strength Requirement
	-93.0 dBm
	-90 dBm
	-87 dBm
	-84 dBm

	Outdoor Coverage
	100%
	     
	99.95%
	


6.1.1.3
Rural environment

For the rural area (site to site distances of 10 to 30 km) the speech coverage was already limited which in turn means that the video coverage was far from acceptable.

It is however obvious that we will see the largest coverage problems at the country side where the link budget for speech is stretched and where there is less “over coverage” than in the central part of a city. Interference and limited spectrum resources, on the other hand, might not be a problem at all as the traffic load is rather low in rural areas.

6.1.2
Considerations for ECSD in a real network

Due to the large interleaving depth (22) and relatively low code rate (0.462), 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, cochannel 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 of 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. For this item it is important to consider that the media delay does not get too long.

· 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 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

< NOTE: This clause will cover aspects related to service continuity. >

8
Technical Solutions

< NOTE: This clause will describe different technical solutions that will enhance the CS video telephony service over GERAN via the A interface. This clause will be started when all the previous chapters are ready. >

9
Summary and Conclusions

9.1
Summary of open issues 

< NOTE: This clause will be a summary of the open issues in this report. >
9.2
Conclusion


< NOTE: Conclusions drawn from previous chapters will be included in this clause. >
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