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1. Background
At the last SA4 #65 meeting, the source provided a comprehensive set of performance requirements for the EVS codec in S4 110612. Further, S4 110613 presented in SA4 #65 proposed performance requirements for the jitter buffer management (JBM) to be used in conjunction with the EVS coder based on the EVS design constraints (EVS permanent document 4) and the recommendations of TS 26.114. Elements of this proposal were incorporated into the latest draft of EVS permanent document 3 (S4 110782) in section 6. We also had discussions with other companies in SA4 regarding performance requirements for the EVS codec under high packet loss conditions. In this contribution, we propose updates to the EVS permanent document 3 taking into account our discussions with other members in SA4. 
2. Proposal
2.1. Performance Requirements for jitter buffer management

We propose the following amendments to the performance requirements for the JBM:

1.  The EVS design constraint mandates the JBM accompanying and EVS candidate to be compliant with the recommendations of TS 26.114. Therefore, it is required that the losses due to jitter induced concealment operations not exceed 1% of active speech frames for any of the five delay - loss profiles provided in TS 26.114. While it is necessary to test the JBM for compliance with the design constraint, it is redundant to specify a performance requirement for losses due to JICO for the said delay – loss profiles. We propose to delete the jitter loss rate requirement column from the JBM performance requirements.
2.  Some SA4 members expressed concern that the additional performance requirements for the average jitter buffer delay may place excessive constraints on the design of the JBM. Moreover, 26.114 requires that the JBM algorithm shall achieve the same or lower delay than that set by the CDF threshold for at least 90 % of the speech frames. Therefore, we propose to delete the average jitter buffer delay requirement column.
3. The subjective quality performance requirements proposed in S4-110613 required comparing the 13.2 kbps wideband coding mode of the EVS candidate for a given delay – loss profile with AMR-WB at 12.65 kbps with a packet loss pattern derived from the delay – loss profile assuming an infinitely long de-jitter buffer. Some of the delay – loss profiles (for example profile 6), have no network losses. For these profiles, while the EVS candidate may suffer losses due to late packet arrival (which may not be compensated by the de-jitter buffer), the reference codec will not be subject to any packet losses. To keep the comparison fair, we propose to derive the packet loss pattern to be applied to the reference condition (AMR-WB at 12.65) from a given delay loss pattern by assuming that all packets lost in the network and packets that arrive later than a pre-determined delay threshold as ones marked for erasure. The threshold is selected to reflect an end to end delay limit below which the user experience is termed as “very satisfied” as characterized in ITU-T G.191.
The above proposals are summarized in the table below:

	MTSI Delay Loss Profile 2 
	EVS 13.2 kbps (with DTX on) quality with clean WB input speech requirement 1

	1
	NWT AMR WB 12.65 (DTX On) with FER pattern P1 

	2
	NWT AMR WB 12.65 (DTX On) with FER pattern P2 

	3
	NWT AMR WB 12.65 (DTX On) with FER pattern P3 

	4
	NWT AMR WB 12.65 (DTX On) with FER pattern P4

	5
	NWT AMR WB 12.65 (DTX On) with FER pattern P5

	6
	NWT AMR WB 12.65 (DTX On) with FER pattern P6


Note 1: The FER (packet loss) pattern Pk is derived from the MTSI delay – loss profile k by marking the bad frame indicator as 1 for all packets lost in the network and any packets that arrive with a delay larger than 200 msec. 
Note 2: The MTSI delay loss profiles can be obtained from the electronic attachment to 3GPP TS 26.114.

2.2 Performance Requirements under high packet loss conditions

TR 22.813 recommends that the EVS codec be tested under a wide range of packet loss and delay jitter conditions. Further, the EVS WID sets robustness to packet loss and delay jitter as one of the objectives that should be achieved by the EVS coder. To ensure that the EVS codec provides a significant improvement in performance over pre release 10 codecs, it is important to test it under high packet loss conditions that typically occur during hand offs or in unmanaged (best effort) networks. There have been several discussions in past SA4 meetings on the percentage of packet losses under which the EVS codec’s performance should be measured. In order to achieve consensus in verifying the performance the codec under high packet loss conditions, we propose that the codec be allowed to operate in a “channel aware” mode where optimizations to the codec may be employed to achieve improved performance under bad channel conditions. 
In a real time voice communication between terminals A and B over packet switched networks, the quality of the communication channel from A to B can be detected by analyzing the packet loss rate at B. If this information can be conveyed back to terminal A say, via RTCP messaging, then terminal A can switch to a mode (the channel aware mode) that is optimized for good performance under impaired channels. Also, the channel aware mode of operation can be chosen at the call set up time, if bad channel conditions can be anticipated (e.g., unmanaged networks).
For the channel aware mode of EVS, we propose the following performance requirement:
	Input
	Codec
	Channel Condition
	Requirement 
	Objective

	Clean WB Speech at 22 dBov 
	EVS at gross bit rate of 13.2 kbps with DTX 
	10 % packet loss rate
	NWT AMR-WB at 12.65 kbps with 6% packet loss rate
	NWT AMR-WB at 12.65 with 3% packet loss rate
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