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1. Introduction

At the last EVS Ad-hoc meeting document, document AHEVS-060 proposed to limit the requirements for testing the EVS codec to PLR below 3%, while higher PLR are for objective and to leave tests involving JBM to characterization. In this document we examine this view in light of the high level requirements described in TR 22.813 and the objective of the Evs_Codec WI. 
2. Discussion 
Unlike full queue traffic (such as file download) which is typically delay-tolerant and does not require a guaranteed bit-rate, real-time traffic such as Voice over IP (VoIP) has tight delay constraints. It is important to set system capacity requirements for such services – a particular challenge in fully packet-based systems like LTE which rely on adaptive scheduling. The system capacity requirement is defined as the number of satisfied VoIP users, given a particular traffic model and delay constraints. The details of the traffic model used for evaluating LTE can be found in [1]. 
A VoIP user is considered to be in outage (i.e. not satisfied) if more than 2% of the VoIP packets do not arrive successfully at the radio receiver within 50 ms and are therefore discarded. The system capacity for VoIP is defined as the number of users present per cell when more than 95% of the users are satisfied. The above definition assumes the use of AMR speech codec. 

According to TR 22.813, the EVS codec should offer significant improvements over state-of-the-art 3GPP codecs in terms of quality, efficiency and system capacity. For instance:

“The EVS codec shall offer significant improvements in trade-offs among capacity, delay, error robustness and speech quality over the state-of-the-art 3GPP narrowband codec (AMR).”

A robust EVS codec, capable of tolerating PLR in excess of 3% and up to 10% is highly desirable from a capacity point of view. With regards to EVS, good speech quality and robustness to PLR higher than those tolerated by AMR allows to raise the bar for the VoIP outage criterion. This essentially means that an EVS codec exhibiting higher robustness than AMR will lead to more satisfied users per cell and hence dramatically improve capacity.

In addition, it is envisioned that the EVS codec will not only be limited to access technologies within 3GPP, but be able to be used in cases where intercommunication with networks outside 3GPP occurs. This means that part of the communication end could be subjected to other network conditions that those within 3GPP. For instance, in the public internet, “Robustness to packet loss is a very important aspect of any codec to be used on the Internet.  Codecs must maintain acceptable quality at loss rates up to 5% and maintain good intelligibility up to 15% loss rate.” [2]
It should be noted that Objective 5 of the WI [3], is “Robustness to packet loss and delay jitter, leading to optimized behaviour in IP application environments like MTSI within the EPS.”  and as such, testing the EVS codec and its robustness to packet losses and delay jitter is considered of utmost importance.
3. Conclusion
Given the importance of codec robustness to packet losses in terms of quality and importantly capacity, and the intended wide usage of the EVS codec, the source proposes that the EVS codec is selected based on tests in which:

· PLR ranges from 0% to 10%
· Example: 3 PLR operation points, 0%, 3% and 6%

· Delay jitter is taken into account

· As a proposal for a testing methodology, see [4]
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