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Abstract: Proposed text for performance recommendations for GCSE_LTE, based partly upon contributions in San Diego recognising the need to be more precise about what is meant by performance numbers, and to be realistic about what is actually required. We believe that performance standards are important, as if these are not appropriately stated then the architecture of GCSE_LTE may not meet the level of performance required by Public Safety users. However, we do need to be clear about what is actually required and when.
When considering writing this submission there we have attempted to draw out the major concerns of the current wording, as follows:
1) Are these requirements service type dependent? 

The existing performance requirements are derived from current half-duplex PTT voice systems.  PTT group voice calls are akey feature for public safety users; and this is expected to be an important service type delivered over GCSE.  However, the performance requirements around the set-up times of other types of service are not yet well understood or defined. 

The requirements need to indicate the requirement for capability to deliver comparable PTT group voice call performance to that offered on today’s public safety systems, but that requirements for other services may vary.   ETSI Standard 202 667 v1.1.5  considers such issues in a more general context, in this standard it draws the distinction between real time and delay sensitive data types and streaming and bulk services with recommended/acceptable transport delays. The delays for the former being of the order of 100’s of miliseconds and the delays for the later being of the order of seconds.
With this in mind we saw 3 options for trying to specify the origin of these requirements:

a. Retain the existing text which is a requirement referring to the most stringent use case and assumed to be the the same for all services.  We dismissed this approach as we are concerned that this is maybe unrealistic for some bandwidth hungry data types and that it is also unncessary where the media type and use case can be more delay tolerant.
b. Qualify the current statement with the fact that the 300 ms is based on mission-critical PTT group voice calls, and therefore make it clear that the requirement may be different (slower, or indeed faster) for other services.  This is the approach that we have taken.
c. Specify the particular requirements for the different services. This was dismissed as there have been previous attempts at this and it seems unlikely to be possible to gain consensus; not least as we don’t have (and don’t necessarily want to have!) a definitive list of services supported.
2) What is meant by end-to-end setup time?
There have been a lot of discussions around this in meetings what the actions are and what has to be achieved within that time.Related to this question is another Q about what assumptions are we making, that is covered in 3).
a. Leave it as it is: Where the meaning is vague as to what the end to end set up time is. This was discounted as there were various proprosals in San Diego to change this, though no change could be agreed.
b. Be more specific:  We have chosen to specify this in terms of the total time from the point the button is pressed by a user to the time that the user has an indication that they should start speaking. We choose this because it is a time period understood by users, and hence compatible with the ‘whole service’ view that we’re now trying to use for GCSE.  Note that this matches the suggestion from a Tetra WG4 Liaison statement to SA1 dated the 7th March 2013 and also seems to align with measurements defined in OMA PoC specs, so is hopefully a reasonable ‘technology neutral’ approach.
3) What assumptions are we making? There is also time allowed for the application segment of all the performance measures mentioned in the performance section. 
1. Uncontested RACH: Seems to be necessary, since if there is significant contention on relevant random access channels then guaranteeing performance is hard.
2. This is for unconfirmed calls: i.e. there is not a requirement to check that all participants are listening before setting up the call.
4) Do we specify time allowed for the application?

Based on working agreement in San Diego that we are specifying requirements on a whole service basis, it seems that we should not specify this.
5) What should the target time be ?
a. 300ms: As in the existing draft spec, derived from an existing TETRA requirements spec, as well as specified in a Schengen document as a target for typical setup times.. A clear advantage of this value is that there is a clear reference for where it comes from.
b. Something else: e.g. a larger number.  In practice, call setup times that are slightly longer than 300ms are likely to be acceptable to users, however
**********Start of change**********
4.1.3
Performance recommendations
The number of milliseconds specified below are for consideration in the development of detailed RAN/CN requirements, and the evaluation of architecture solutions.

The system shall provide a mechanism to support a Group Communication end to end setup time less than or equal to 300ms. It is assumed that this value is for an uncontended network, where there is no presence checking. The end to end setup time is defined as the time between when a user initiates a Group Communication request on a UE and the point where a voice or data communication can start to be sent.

The time from when a UE requests to join an ongoing Group Communication to the time that it receives the Group Communication should be less than or equal to 300ms. 
Note: 
The system shall be optimised to minimise the time intervals specified. The 300ms indicated in the preceding requirements is based on requirements from [8] for legacy TETRA mission critical voice systems. It is understood that this requirement is particularly important for half duplex voice communication and other data that is delay sensitive. This requirement may not be met in some cases where the data is delay insensitive e.g. a large document.
The end to end delay for media transport for Group Communications should be less than or equal to 150 ms [6, 7]. 
**********End of change**********
