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1. Introduction

At SA#30, Tdoc S4-040168 (Draft 3GPP TR on performance characterization of default codecs for PS conversational multimedia applications) was left to be cleaned/completed by correspondence.

Minor concerns relating to the conclusions on the delay performance were formally received (SA4 e-mail reflector). These concerns were presented, together with the draft TR, at SA#23, in the form of a cover page.
The outcome at SA#23 was to recommend that amended text be proposed at SA#31 as a company contribution. This contribution provides the proposed text.
2. Current Text for Conclusions
The results from conversational tests confirm that the default speech codecs (AMR-NB and AMR-WB) operate well for packet switched conversational multimedia applications over various operating conditions. 

The quality is somewhat reduced when packet losses occur and the end-to-end delay is increased, but the overall quality still remains good even with 3% packet loss rate and 500 ms end-to-end transmission delay. The results also indicate that users have clear preference to wideband speech over narrowband. 
The performance results can be used e.g. as guidance for network planning regarding the QoS parameters for VoIP (on end-to-end delay and target packet loss rates).
3. Concerns with current text
4. The text (above) implies that an end to end transmission delay of 500ms provides good speech quality. This does not align well with conventional thinking on delay (i.e. "ITU-T Rec. G.114") and could send the wrong message.
5. Although the conclusions do reflect the results of the tests, all the test conditions include a long delay (about 300 ms and about 500ms) and there is no condition with lower delay with which to make a fair comparison.
6. It is therefore proposed to delete the conclusion that the overall quality still remains good with 500 ms end-to-end transmission delay. It is further proposed to amend the final sentence to the following:
7. The performance results can be used as guidance for network planning regarding the QoS parameters for VoIP.
8. Proposed New Text for Conclusions
The results from conversational tests confirm that the default speech codecs (AMR-NB and AMR-WB) operate well for packet switched conversational multimedia applications over various operating conditions. 

The quality is somewhat reduced when packet losses occur and the end-to-end delay is increased, but the overall quality still remains good even with 3% packet loss rate. The results also indicate that users have clear preference to wideband speech over narrowband. 

The performance results can be used as guidance for network planning regarding the QoS parameters for VoIP.
9. Conclusions
It is proposed that the amended text in section 5 replace the existing text in the next version of TR 26.935
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