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1. 
Background
Encoded speech packets experience variable end to end delay during transmission in a packet switched system. This necessitates the use of a de-jitter buffer of either fixed or variable depth to ensure proper decoding of the speech packets. Since the EVS codec is intended for use over the Evolved Packet System (EPS) core which is optimized for packet switched communication, it is imperative that the codec be designed to perform well under network jitter and packet loss conditions when operated in conjunction with a jitter buffer management (JBM) system. 

The depth of the de-jitter buffer determines the additional delay employed by the JBM system to counter-act the variations in the received time of the speech packets. An efficient JBM solution tries to achieve an effective trade off between the additional delay introduced (determined by the depth of the de-jitter buffer) and the loss of packets due to their late arrival. Further, a JBM solution may be deployed in conjunction with a time warping mechanism that can increase or decrease the play out time of each frame of decoded speech to compensate for the jitter in arrival times of the packets. Again, while an aggressive time warping mechanism can help compensate jitter and/or conceal losses due to late arrivals, it may adversely affect the decoded speech quality.

TR 22.813 recommends that the performance of the codec should be evaluated in realistic scenarios including different delay and error profiles consistent with the objective requirements on JBM in 3GPP TS 26.114. The EVS design constraint (EVS-4) requires candidate codecs to provide a Jitter Buffer Management (JBM) solution conforming to the requirements in TS 26.114.
In this contribution, we propose objective performance requirements across network conditions for the JBM solution to be provided by the candidate codecs. 
Further, for each of the MTSI delay loss profiles, we propose performance requirements on the subjective quality of the decoded speech signal obtained from the EVS decoder used in conjunction with the candidate JBM solution.

 2.
Proposal
TS 26.114 (section 8) specifies minimum performance requirements for the JBM solution. It also provides (in an electronic attachment), six different delay and error profiles to check the performance of the JBM for compliance with the requirements. The objective requirements for the jitter buffer delay and the jitter loss rates are summarized below:

1. The JBM algorithm under test shall achieve lower or same delay than that set by the CDF threshold for at least 90 % of the speech frames. The CDF threshold is calculated using the reference delay computation algorithm in Annex D of TS 26.114.
2. The jitter loss rate shall be below 1% for every channel measured over the full length of the respective channel.
While the delay and error profiles provided in TS 26.114 cover a reasonable span of operating conditions for the MTSI service, they do not include best effort VoIP profiles (profiles from networks that are not managed and offer no QoS). To ensure that the JBM solution performs well under a variety of network conditions including best effort VoIP systems so that the performance of the EVS codec is competitive in comparison to other internet codecs, we propose that the average buffer delay of the JBM solution shall not exceed the average buffer delay of the reference delay computation algorithm by more than 40 msec for profiles that do not involve packet bundling.  For the MTSI profile (profile #5) with 2 frames/packet, we propose that the average delay of the JBM solution shall not exceed the average delay of the reference delay computation algorithm by more than 60 msec.
Since the JBM solution should ideally achieve the lowest late loss rate (jitter loss rate) using the least amount of additional delay while minimizing the quality degradation in the decoded speech, we propose the following performance requirement (in bold font) for the JBM solution:

	MTSI Delay Loss Profile 2 
	Packet loss rate (no show at the decoder)
	Average jitter buffer delay requirement
	Jitter loss rate requirement
	EVS 12.8 kbps (with DTX on) quality with clean WB input speech requirement

	1
	0.00%
	≤ 60 ms
	≤ 1%
	NWT AMR WB 12.65 (DTX On) 0.00% FER1

	2
	0.24%
	≤ 80 ms
	≤ 1%
	NWT AMR WB 12.65 (DTX On) 0.24% FER1

	3
	0.51%
	≤ 80 ms
	≤ 1%
	NWT AMR WB 12.65 (DTX On) 0.51% FER1

	4
	2.40%
	≤ 100 ms
	≤ 1%
	NWT AMR WB 12.65 (DTX On) 2.40% FER1

	5
	5.90%
	≤ 120 ms
	≤ 1%
	NWT AMR WB 12.65 (DTX On) 12% FER1

	6
	0.0%
	≤ 200 ms
	≤ 1%
	NWT AMR WB 12.65 (DTX On) 0% FER1


Note 1: The FER profiles for the reference (AMR-WB at 12.65) are derived from the corresponding MTSI delay loss profiles by marking a bad frame indicator only for  packets that are lost in the network and never received by the decoder. In other words, the assumption is that the reference decoder is not affected by the late arrival of packets but only by lost packets as dictated by the MTSI delay loss profiles (marked by a -1 in the MTSI delay loss profiles).  Thus, the quality of the JBM combined with EVS at 12.8kbps will be no worse than AMR-WB at 12.65kbps with an infinite length de-jitter buffer under the same network conditions.
Note 2: The MTSI delay loss profiles can be obtained from the electronic attachment to 3GPP TS 26.114.







