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1 Introduction 

Document [1] proposed collection of delay data during the test material processing to be later used in the delay analysis needed as part of the jitter buffer management (JBM) characterisation. This document provides the proposal in more detailed form, as requested by some of the delegates in SA4#39. 

2 Speech quality – end-to-end delay trade-off
The JBM characterisation is supposed to consist of both listening only tests and conversational tests to verify and characterise the overall performance of the proposed system [2]. The listening only tests, however, do not capture the effect of end-to-end delay and delay variations may have on the interactivity of a conversational situation. Hence, the achieved subjective results will not provide the whole picture of the JBM performance without proper analysis of the corresponding delay performance.

The conversational speech quality in variable delay conditions is a trade-off between the voice quality degradation due to frames discarded because of the late arrival (“late loss”) and the additional end-to-end delay component introduced by the buffering delay. Thus, it is possible to trade-off late loss rate to shorter end-to-end delay – or vice versa. Since the most suitable method to analyse the delay performance is not yet agreed upon, it would be beneficial to capture the applied end-to-end delay profile within the subjective tests as part of the characterisation to be used later for detailed delay analysis.
2.1 Delay considerations

The rough model of the mouth-to-ear transmission path is shown in the Figure 1.
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Figure 1: Simplified end-to-end delay model.
As indicated in Figure 1, the end-to-end delay can be considered to cover everything from the audio captured from the microphone at the sender’s side to the audio playback device at the receiver’s side. However, in our simulated case both the TX delay and transmission delay components are fixed values that are dependent only on the simulated network conditions. Therefore, it is sufficient to capture only the RX delay component for each considered VoIP receiver for delay analysis. 
3 Proposal
It is proposed that for each processed speech frame the following information will be captured:

· RTP timestamp

· Simulated reception time at the VoIP receiver

· Simulated decoding time (i.e. delivery time to the playback device) and indication of late arrival and frame loss

Reception and decoding times are expressed as (simulated) time elapsed since the start of the simulation. The time unit used is the number of clock ticks at the used RTP clock rate (8000 Hz for AMR, 16000 Hz for AMR-WB).
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