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1. Introduction

 SA#27 has approved the WI “Performance Characterization of VoIMS via HSDPA/EUL” [1] and SA#29 has approved the WI “Characterisation of Adaptive Jitter Management Performance for VoIP Services” [2]. Both WI’s deal with issues related to VoIMS and it is not surprising that there are areas that need to be aligned to avoid unnecessary repetitive works. This contribution attempts to clarify the relation between concerned scopes in the two WI’s.

2. Description

WI-A: “Performance Characterization of VoIMS via HSDPA/EUL “ has the scope of testing the AMR/AMR-WB in a representative configuration of UMTS with standardized components, particularly those of HSDPA and EUL, defined by 3GPP. In [1] an architecture of the simulation system is shown, which contains only those components. Nevertheless, while [1] mentioned the interface between VoIP simulator to the sound card, it does not specify the detail of the interface. Here it is clear that a streaming buffer is required between the RTP and the speech codec.  There is going to be an additional section describing the interface. 

WI-B:” Characterisation of Adaptive Jitter Management Performance for VoIP Services “ has the scope of giving a complete description and evaluation of the techniques applicable to the adaptive jitter management. The WI description gave the following list of tasks:”
1. Create subjective test methodology that combines per packet delays with speech appropriate for a subjective test (e.g., MOS [3] or MUSHRA [4]).  This requires channel simulation parameters from RAN. Real-time testing is also needed since MOS or MUSHRA listening tests do not address delay aspect.

2. Address the algorithm complexity, required changes and footprint in terminals and the core network.

3. Choose an appropriate reference algorithm.

4. Apply the subjective test to the reference algorithm to form a baseline performance metric.

5. Determine performance limits of the algorithm, thus providing SA1 and SA2 the delay and voice quality parameters associated with various levels of packet loss, delay and jitter.”

3.  Discussion

It is noted that both WI require subjective listening test, and it is clear that the test environment in terms of UMTS reference system will be the same. Here we assumed that the test of WI-B also includes tests over  radio channels HSDPA/EUL. Thus, the simulator developed for WI-A  applies to WI-B as well.

Knowing that WI-A is focused on performing subjective tests, while WI-B is focused on developing an algorithm of adaptive jitter management scheme, in order to avoid repeated work and to best utilize the resource,  we recommend that  final objective test of WI-B, which we call an absolute test if any,  be performed within the project WI-A.  That is WI-A will ad an additional test case that includes the algorithm developed in WI-B while keeping all other test conditions unchanged.  As consequence, WI-B will refrain itself from the absolute tests, and focus on the tests of relative nature such that comparison between different algorithms can be rather easily performed. Those tests may not require complete simulation of the lower layers as WI-A does.

To be consistent, WI-A will not include lengthy description and discussion with respect to the algorithm to be developed in WI-B. In stead, WI-A will only make necessary reference to the TR expected from WI-B whenever the need occurs. It is the task of WI-B to document all the details and discussions with regard to the algorithm including the interfaces concerning RTP, speech codec and sound card.

4. Recommendation

To summarize:

· The subjective test required by WI-B on a qualified simulated system will be performed within the context of WI-A as an additional case.

· Description and software required by the interfaces concerning  RTP, speech codec and sound card will be developed and documented by WI-B.

· The same interface needed by WI-A will only be given in a simplified version and WI-A will make reference to WI-B in terms of the additional test case regarding the jitter management algorithm.

We recommend SA4 to adopt this view and take corresponding action in WI-A [5] and the expected TR from WI-B. Also the related incoming contributions should take this into account.

5. Reference

[1] SP-050089, WI

[2] SP-050432, WI
[3] TS 25.993
[5] S4-50579 “Working Document for VoIMS Performance Characterization”
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