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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. 
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. The EVS WID (SP-100202) requires the EVS codec to achieve robustness to packet loss and delay jitter, leading to optimized behavior in IP application environments like MTSI within the EPS.
At the previous SA4 meeting (SA4 #65), EVS permanent document 3 was updated to include performance requirements for the JBM solution that would accompany the EVS candidate. In this contribution, we propose a test methodology to measure the performance of the JBM solution and evaluate the EVS candidate for use in VoIP services. 
2. Characterization of the JBM solution

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 As requried in TS 26.114, the jitter loss rate shall be measured only for active speech frames.
2.1. Network Simulator

The MTSI profiles in TS 26.114 contain one delay value per line, indicating the delay (in msec) that a packet undergoes during transmission over the IP channel. Lost packets are indicated by a “-1” entry in a line. 

In addition to the JBM solution, the candidate shall provide a stand alone “network simulator” (separate from the jitter buffer management solution and the evs decoder) that will read the encoded frames generated by the EVS encoder and the delay loss profile, and create packets by bundling (if applicable) the frames and re-ordering the packets based on their simulated arrival times. The simulated arrival time of the packets shall be determined by adding the corresponding packet delay to the packet generation time. 
In other words, if [image: image2.png]


 is the time at which the [image: image4.png]


th active signal packet was generated, and the delay entry corresponding to the [image: image6.png]


th packet in a given delay loss profile was [image: image8.png]


, then the arrival time of the [image: image10.png]


th packet shall be 
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If speech frames are bundled ([image: image13.png]


 frames per bundled packet), then all frames in that  bundle shall be assigned the same arrival time (corresponding to the generation time of the last (latest) frame in that bundle).The packet generation time shall be incremented by ([image: image15.png]


20 msec) between two active successive packets of the input signal. In other words, if [image: image17.png]
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 are two consecutive active signal packets, then
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The packet generation time across a silence duration during which the DTX functionality ceases packet transmission shall reflect the time elapsed. If two packets are separated by m packets of inactive signal (background signal or silence when no active signal frames are transmitted), then 
[image: image21.png]Gn+1 — Gn = (20 X r X m)msec.




The delay loss profile shall be concatenated to itself to generate enough packet delay and loss values to account for all packets in a given test database.

The network simulator shall provide the packets to the jitter buffer management module and the EVS decoder after re-ordering them based on the arrival time [image: image23.png]


. 
The network simulator may add additional information such as the RTP time stamp, sequence number and arrival time to the evs packets that may be used by the JBM for decoding purposes.
2.2 
Reporting Delay Introduced by the JBM
TS 26.114 defines the jitter buffer delay as the difference between the decoder consumption time and the arrival time of the speech frame to the JBM. Thus, if the frame [image: image25.png]


 arrives at a time instance [image: image27.png]


 at the input to the JBM and the time at which the the frame [image: image29.png]


 is fetched for decoding is [image: image31.png]


, then the jitter buffer delay [image: image33.png]


 is given by
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The effect of any time warping that may be implemented as a part of the JBM solution is not explicitly included in the calculation of [image: image36.png]


. However, it should noted that any time warping done on frame n (expansion or compression) will affect the the time of fetching, [image: image38.png]Dps1s



 of frame [image: image40.png]n+1



. 
The EVS candidate shall provide a mechanism to output the jitter buffer delay for each frame of active speech signal received. The database used for testing shall be long enough so that the jitter buffer delay from at least 10000 active signal frames are available for plotting the jitter buffer delay cumulative density function (CDF). 
The CDF of the JBM solution and the reference delay computation algorithm shall be plotted as described in TS 26.114. The delay values from the reference delay computation algorithm shall be calculated from the corresponding delay loss profile after concatenating it to itself as many times as needed to match the number of active signal frames in the test database.

2.3 
Reporting Jitter Loss Rate
The jitter loss rate is defined in TS 26.114 as 
Jitter loss rate = JBM triggered concealed frames / Number of transmitted frames
For each active frame of speech, the EVS candidate shall provide a mechanism to indicate if that frame of speech was (a) provided to the decoder for play out, or (b) lost in the network (never arrived at the input to the JBM), or (c) was subject to the jitter induced concealment operation as in TS 26.114. 

The EVS candidate shall also provide a mechanism to report the network loss rate (no show at the JBM input) and the jitter loss rate based on the count of the number of frames listed above.
In other words, the EVS candidate shall report
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and
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2.4
Subjective Evaluation of Decoded Output
For each of the six delay loss profiles in TS 26.114, the EVS encoded packets shall be processed through the network simulator, presented to the JBM in the order of the packet arrival times and decoded by the EVS decoder. The decoded outputs shall be evaluated using subjective evaluation tests (ITU-T P.800 MOS tests).
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