3GPP TSG GERAN #17
Tdoc 
GP-032476 

Budapest, Hungary
Agenda Item  7.2.5.4.6
17th – 21st November 2003

Source: Siemens            

                                                                                                 

Use Cases for Improved PS Session and CS Voice Support

1. Introduction

In the GERAN#16bis meeting there was a general acceptance that studying improvements in the current DTM procedures to support simultaneous CS voice and real-time PS services was worthy of a separate work item.  It was also agreed that the first step in the process should be to identify the use cases where this kind of service would be appropriate/beneficial. 

This paper therefore addresses the possible use cases where a simultaneous CS voice and a PS service may be required in parallel.  The aim is to show that there is sufficient justification to start a work item looking at the need for revising some of the DTM procedures.  

The emphasis in this paper is on PS services other than conversational (i.e. streaming, background and interactive) as these are foreseen as being more important in the Release-6 timeframe.  Conversational PS services will have tighter requirements and should be addressed at a later stage.  The exception might be PS gaming if it uses the conversational class of service.  

2. PS Services

First we identify some of the PS services that might be envisaged in parallel with a CS voice call that could benefit from potential improvements in the current DTM procedures.  

· Interactive gaming

This service allows two or more mobile (or a mix of mobile and fixed network) users to take part in an interactive (real-time) game.  

· Video streaming

The subscriber is able to view video clips from a selected media server

· Audio streaming

This is a similar service to the video streaming service but with the potential to offer high-quality audio such as CD quality music.  

· Voice Messaging

Voice messaging has some similarities to audio streaming but has tighter one-way delay requirements.  

· Gold service data

This is a postulated service, where normal interactive and background traffic classes for data are enhanced by reducing outages due to user mobility and DTM procedures.  The reduced outages could have significant impact on perceived quality due to TCP restart behaviour, especially for high data rate services.  

Reference [4] provides the required end-user performance characteristics for these services which are summarised in the following paragraphs.  

For streaming video services a transport delay variation of less than 2 seconds is required coupled with a packet loss at the session layer of < 2%.  Audio streaming has similar requirements but with a slightly tighter packet loss target of < 1%.  For voice messaging, a one way delay of < 1 second is required with a Frame Erasure Rate of <3%.  

For interactive games, which are considered as a conversational type service in [4], the one way delay of < 250 ms is required coupled with a zero packet loss.  

The so-called “gold service” data service has not been characterised in [4], but could be offered to subscribers at a premium as an improved data service for applications such as web browsing and bulk data transfer.  

Section 3 describes some potential use cases where a mixture of a CS voice call and one of the PS services described above may be required in parallel.  

3. Use Cases

This section defines some potential use cases for having a “real-time” PS service in parallel with a CS voice call.  The cases highlighted below are not exhaustive, but aim to provide an indication of the potential requirement.  

3.1. Gaming and Voice

A user may be involved in a real-time gaming session with one or more others players.  It may have taken a great deal of time and effort to reach this level and he/she will be reluctant to drop the session at this moment in time.  

Upon receiving an indication that someone wishes to make a voice call the user may well decide to take the call at the same time as continuing with the game.  Indeed the caller may be the person with whom he/she is playing the game.  

Clearly in this case the user can determine whether to drop the gaming session or not depending on the importance of the call and the level of addiction that the user has for the game!  

3.2. Streaming and Voice 

The PS streaming service could be either audio or video.  Therefore this section is divided into two sub-sections.  

3.2.1. Audio Streaming and Voice

A user may be listening to high quality audio streaming when notification of an incoming voice call is received.  The user may choose to drop the audio streaming whilst dealing with the voice call, however he/she may also choose to maintain the audio streaming (perhaps at a lower level) whilst deciding if the call will be short and/or not important enough to need his/her complete attention.  

The audio stream here may be voice messages or e-mails that are being read via text-to-voice software.  

This is probably not a very likely case but is included for completeness.  

3.2.2. Video Streaming and Voice

This category of use cases is probably the one of most interest.  

An example of real time video streaming in parallel with a voice call is where a user is currently watching a video clip (say of his favourite football team scoring a goal) when someone calls him.  He may well decide to continue to watch the video clip (albeit with the sound muted) whilst conducting the voice call.  It could be a fellow football supporter who wants to share the excitement of the goal with his friend.  

Another example behaviour is that of being called by a friend who has discovered a particular video clip that they are excited about and wishes to share it.  The friend (or potentially a salesman) can then talk you through where to obtain the video clip on your mobile and could be available to answer questions or provide commentary during the viewing of the video clip.  

A third possible scenario is that of mobiles equipped with cameras.  A friend or colleague may initiate a voice call and wish to show you a picture or some video footage of something that is happening.  At various points he/she may wish to continue the conversation without having to terminate and restart the video session.  

3.3. Gold Service Data and Voice

Clearly the current DTM feature foresees the need for users to maintain a data session in parallel with a voice call.  There is clearly a parallel with the office environment where activities such as reading e-mail or browsing the web can take place at the same time as participation in a voice call.  

As already stated, although not currently defined, there may be a market opportunity for providing a differentiated data service to customers who are willing to pay for it.  Service interruptions for TCP based data traffic can cause drops in data QoS that last for longer than the service outage time.  This is due to the TCP slow start and general windowing behaviour and is worse for longer round trip times and higher bandwidths.  

Thus a high bandwidth service could benefit from reduced data outage times.  However, in general it seems that the user experience of data services should be similar for the cases with and without DTM.  

4. Summary of Uses Cases

The use cases defined above are summarised in the following table.  The PS service category is given for each use case described along with the delay and loss requirements as defined in [4].  These delay and loss requirements are given as an indication of the sensitivity of the service to delay and loss.  The final column indicates the importance of the service in the short to medium term.  

	PS Service Category
	Use Case
	Delay Requirement
	Loss Requirement
	Importance of service in short/medium term

	Interactive Gaming 
	Real-time gaming with 1 or more participants + voice call from participant or external party
	< 250 ms one way
	Zero residual loss
	Medium

	Audio Streaming
	Listening to high quality music 
	< 2s delay variation
	< 1% packet loss
	Low

	Voice messaging
	Listening to voice mail or e-mail via text-to-speech
	< 1s one way delay for playback
	< 3% FER
	Low/Medium

	Video Streaming
	Watching video clip then receive a call
	< 2s delay variation
	< 2% packet loss
	High

	Video Streaming
	Friend calls to share a video clip
	< 2s delay variation
	< 2% packet loss
	High

	Video Streaming
	Camera on mobile used to add video to voice call
	< 2s delay variation
	< 2% packet loss
	Medium

	Gold service Data
	Gold service data
	< 4s one way delay 
	Zero residual loss
	Low


Table 1

Summary of Use Cases with Delay and Loss Requirements

5. Conclusion

This paper has shown that there are several use cases where “real-time” PS services can be foreseen as beneficial in parallel with a CS voice call.  The most compelling are probably the video streaming and interactive gaming scenarios.  

As the video/audio streaming service is likely to be the most dominant of the services to be handled in the near future it makes sense that DTM procedures provide a QoS such that the user experience of the streaming service is the same whether DTM is being used or not.  

A good PS service outage target to aim for would be that experienced by current Rel-5 NACC GPRS Cell Reselection.  If current DTM procedures provide a PS service outage that is significantly longer than that due to the Rel-5 NACC GPRS Cell Reselection, consideration should be given to improvements in the DTM procedures for release 6.  

However, services such as interactive gaming with their stricter one-way delay requirements may mean that further improvements could be considered in Release 7 or later according to market demand.  

6. References

[1]
Handling simultaneous CS and PS connections with enhanced A/Gb, 3GPP GERAN Adhoc on A/Gb Evolution, Kista, Sweden, June 11th-13th 2002, Tdoc AHAGB-007.  
[2]
Support for PS Streaming and CS Voice, GERAN#16bis, Porto, Portugal, October 2003, Tdoc G2-030486

[3]
Radio Access Network; Dual Transfer Mode; Stage 2 (Release 5), TR 43.055 v5.1.0 (2003-04)
[4]
TSG Services and Systems Aspects, Service Aspects; Services and Service Capabilities (Release 6), TS 22.105 v6.2.0 (2003-06)
















GP-032476 
Use Cases for Improved PS Session and CS Voice Support

1 (4)


