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1. Introduction
During the discussion leading to the agreed TR 22.813 [1], the source [2] has pointed out the importance of an IP optimized operation for the 3GPP EVS codec and the necessity to perform realistic testing involving all components of a VoIP communication scenario. Indeed, one of the main points justifying the EVS activity is “Progress of speech coding technology should make possible very significant enhancement of coding efficiency, quality of service and overall speech coding performance over IP” [1].   

As an integral part of the EVS codec, an adaptive JBM combined with the decoder at the receiver side can achieve a trade-off between the average delay and jitter induced concealment, it is therefore important to define proper methodologies to test the performance of the EVS codec in conjunction with the JBM at a given end-to-end delay constraint. 

2. Outline of the methodology

The methodology derived is based on the proposal [3] and is used to evaluate the performance of EVS codec for multiple candidates in realistic VoIP scenarios. This methodology has two main steps:
1) JBM performance evaluation: the JBM should be evaluated against the minimum performance requirements in [4]. The specification provides delay and error profiles for evaluation of the JBM and this results in a pass/fail evaluation. 
2) EVS codec testing in realistic LTE scenarios: 
a. The overall end-to-end delay should not exceed a prescribed delay limit to be defined for each delay and error profile. to avoid speech quality degradation. The total end to end delay is measured taking into account network delay, jitter buffering delay and codec algorithmic delay.
b. An additional subjective listening-only test, as suggested in [3], is also required to evaluate the perceived speech quality under the delay constraint after JBM and Time Scale Modifications using LTE traces.
3. The methodology 
JBM performance evaluation

The evaluation of the JBM is the same as described in [4]. The JBM should fulfil the minimum performance requirements when at least 90% of the jitter buffer delays do not exceed the CDF threshold, and the jitter loss rate is kept below 1%, for all the six specified delay and error profiles. This simulation framework is illustrated in Figure 1.
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Figure 1 Framework for JBM performance evaluation
EVS codec testing in realistic LTE scenarios:
The performance of the EVS codec in a realistic LTE scenario shall include the JBM which passes the minimum performance requirements as evaluated in step (1). Testing the EVS codec should take into account two metrics: overall end-to-end delay and quality. A good EVS codec should provide good speech quality while maintaining end-to-end delay as low as possible. Therefore we propose the methodology as following:
Methodology of testing EVS codec in realistic LTE scenarios
	
	Methodology

	Overall End-to-end Delay
	The end-to-end delay of packet i can be calculated as 
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The overall end-to-end delay of the EVS codec 
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should be assessed by averaging the end-to-end delay over all packets plus the EVS algorithmic delay. 
For each delay and error profile, the overall end-to-end delay shall not exceed a predefined value (TBD) and be in all cases below 400ms.

	Quality
	Quality of the EVS codec should be assessed by the subjective listening test, as in [3].


As already pointed out in [3], since time scaling may be used together with JBM logic, received frames may be time scaled (stretched or compressed). In order to have an accurate measurement of the end-to-end delay, we define here the end-to-end delay d of packet i as the difference between the time when the whole packet i is played out at the receiver and the time when the whole packet i is sent out at the transmitter. The end-to-end delay of packet 1 is shown in Figure 2.
[image: image9.emf]        packet 1                packet 2

de2e

ΔL dn db

Send

Arrive

Playout


Figure 2 End-to-end delay of packet 1
For each realistic scenarios trace file, the overall end-to-end delay d should not exceed a prescribed delay limit. The decoded speech is used for the subjective evaluation of speech quality with the delay-and-error profiles. The framework of the EVS codec testing methodology is illustrated in Figure 3.
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Figure 3 Framework for EVS codec testing
4. Conclusion

This contribution proposes a methodology for how to evaluate the EVS codec candidates in realistic VoIP scenarios using a combination of an objective testing according to the established methodologies of TS 26.114 [4] and a delay-constrained subjective test, to evaluate the sound quality under a predefined end-to-end delay constraint. 
The proposed methodology complements and enhances the proposal described in [3] in two ways. First, the delay and error profiles on which the objective minimum performance requirements of the JBM are evaluated are used only for that purpose, i.e. subjective evaluation should be done with different delay and error profiles. Second, the subjective evaluation is performed under a constrained end-to-end delay limit, thus allowing to subjectively evaluating the tradeoffs between average end-to-end delay and jitter induced concealment. In addition, a methodology to correctly estimate average end-to-end delay is also proposed.
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