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1. Introduction

This contribution summarizes the working assumptions arrived at SQ SWG during the discussion of [1]
2. Simulation: Real Time or Partial Real Time

2.1 It was agreed to perform simulations in “Partial Real Time 2” as described in [1]. Specifically, 

· a VoIMS sender comprising of input capture (e.g. microphone), AMR encoder, RTP packetization and IP stack, operating in real time; and

· a VoIMS receiver comprising of IP stack, RTP de-packetization, AMR decoder with appropriate jitter handling and an output devise (e.g. loud speaker), operating in real time

will be used simulate each user in live conversational testing. 
2.2 Further, it was agreed to 
· obtain error-delay profiles (including error mask and time of delivery in milliseconds) for at least 10 minutes, generated using offline system simulations of RAN and IP networks in other TSGs 

· use the above error-delay profiles to inject delays and packet losses in the VoIMS traffic in an error insertion devise running in real time.
2.3 It was agreed to use the above setup to design appropriate test plan for carrying out conversational tests for VoIMS over HSDPA/EUL. The following tests were considered, but were left open for further discussion.

· Land to mobile calls

· Mobile to land calls

· Mobile to mobile calls.
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