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Support for PS Streaming and CS Voice 

1. Introduction

With the emergence of GERAN support for seamless streaming services [2] and the continued need for users to be reachable via a CS voice call, the time seems right to examine ways in which a CS voice call and a PS streaming session could be handled in parallel.  

The obvious place to start is with the continued development of DTM in order to better support such scenarios.  With the recent decision to increase the minimum capability of a DTM mobile to 2 uplink and 2 downlink timeslots, it can be seen that higher data rate services are already being envisaged for DTM.  However, currently defined DTM capabilities do not fit with user requirements for PS streaming (and in the future PS conversational) services running in parallel with a CS call.  For instance, the necessity for the PS session to be dropped when a CS page is received is not acceptable for users of “real-time” or “near real-time” PS services such as streaming.  

This paper therefore investigates the possibilities to provide better support of a PS streaming service in parallel with a CS voice call and highlights the potential areas where the DTM concept could be further developed.  

Such improvements could also be beneficial to PS services other than streaming running in parallel to a CS voice call.  

2. Current DTM Capabilities

A PS streaming service is likely to require one or more timeslots and the support of multiple TBFs.  As change requests have already been submitted to the GERAN#16 meeting (although postponed due to lack of time) regarding multiple TBF assignment in the DTM Assignment message and the Packet Assignment message, multiple TBF support for DTM should be available soon.  

The current DTM procedures as described in [3] basically follow the concept of the CS call being dominant.  For instance, it is the CS handover that determines the mobility aspects.  Any PS session has to be aborted and re-established after CS handover.  This is also true for the receipt of CS paging, where the PS session must be aborted in order to establish the CS connection and only then can the PS session be re-established.  There is therefore scope for improvement.  

3. Possible Adaptations

The DTM functionality defined so far largely addresses interactive and background services in parallel with a CS voice call.  As identified more generically in the A/Gb evolution workshop in June 2002 (see [1]), several areas of the current DTM specification could be improved in order to better support the simultaneous handling of PS streaming and CS conversational services.  

The following list provides some ideas on areas where the current DTM capabilities can be improved in order to better support a simultaneous PS streaming session and a CS conversational voice call.  This list is not intended to be exhaustive:

1. Introduce PS Handover as an augmentation to the CS voice call handover procedure

In the case of a handover with the current DTM procedures the PS session must be aborted and then re-established in the target cell after the CS handover.  This procedure may lead to unacceptable service interruption times or loss of data for streaming services and therefore some improvements may be necessary.  

One possible idea is to allow the currently defined PS Handover procedure to occur in parallel to the CS handover procedure.  However, this would mean that co-ordination would be required in the BSS to allow the PS handover procedure to know the cell that had been chosen from the CS domain and to somehow combine the results of the PS and CS handover procedures into one handover command message on the Um interface.  

If it is required to always handover both the CS and PS services (either resources are available for both PS session and CS call or handover fails and another cell must be chosen) then handover procedures addressing both domains will be required.  

Clearly this is quite a complex area for study and one that may not necessarily be needed as existing mechanisms or other enhancements may prove to be sufficient.  It is therefore proposed that this should be the lowest priority for further study at the current time.  

2. Improve current cell change mechanism in terms of service interruption time 

To solve the same user experience problem as described in item 1 above, it may be possible to provide improvements to the PS service interruption time and potential packet loss problem without introducing PS handover.  The applicability of methods described in [2] to the DTM case should be investigated along with any new ideas.  

It is suggested that this area is worth further investigation.  

3. Improvement to establishing a CS call whilst in a PS session 

An MS in packet transfer mode that receives a CS page has to drop the PS session to answer the page regardless of the QoS or perceived priority to the subscriber of the PS session.  Clearly it would be beneficial to the subscriber for a mechanism to allow the CS page to be answered without significant interruption to the PS session and for the subscriber to be allowed to decide how to respond (ignore the CS call, drop the PS session or maintain both).  

As already suggested in the DTM stage 2 [3], a vastly improved method is suggested which allows a DTM Request message over PACCH to request the CS connection whilst maintaining the PS session.  

This improvement seems to be mostly concerned with the provision of DTM messages on PACCH and the ability of the BSS to co-ordinate the combined resources.  It should be a relatively simple improvement with significant benefits for the user.  Other solutions may be possible and further investigation is recommended.  

4. Release of CS connection during PS streaming (currently PS has to be abandoned)

A similar issue to the one described in item 3 occurs when a CS call is released whilst there is a concurrent PS session.  

Currently the PS session has to be abandoned and re-established if the CS connection is released.   It is expected that this will not be very acceptable for a PS streaming service.  However, the interruption time is reduced in DTM as the PSI 14 message (containing most of the SI 13 information and the location of the PBCCH if present) is sent on PACCH.  

Whether the resulting service interruption time is acceptable and whether further improvements could be made should be the subject of further investigation.  

Table 1 gives a first proposal for the priority of improvements to study.  

	Item
	Priority for investigation
	Reason

	1
	3
	Depending on the outcome of the investigations in item 2, this may not be necessary if the service interruption time and packet loss are within the required limits.  

	2
	2
	In order to maintain the QoS required of the streaming service, after CS handover it is necessary for the MS to re-establish the streaming connection within an acceptable time period.  

	3
	1
	If the streaming session is dropped to establish the CS call it will probably cause an unacceptable break in the service delivery to the user.  Hence, it is necessary to allow the CS call to be established without interrupting the PS call.

	4
	1
	Same as for 3 but at call clearing rather than call setup.


Table 1

Proposed Priority of Investigations of Improvements to DTM

It may make sense that items 3 and 4 are studied together as significant improvements to the user’s experience of PS streaming (or other real-time PS services) in conjunction with a CS conversational service can only be achieved if the behaviour at CS call set-up and release are both addressed.   

4. Conclusion

This paper has highlighted the emerging requirement to handle the simultaneous PS streaming and CS voice call scenario.  It proposes that to better support such a scenario enhancements to the current DTM procedures should be investigated.  

As a start to this process, four areas where enhancements could be made are presented and an initial prioritisation has been proposed.  

Improvements made to DTM may also be applicable to other PS services running in parallel to a CS conversation call.  
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