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1. Introduction
The eUET work item [1] was approved at SA#96 with the following objectives:
· Update clause 7.4 (“Sensitivity/frequency characteristics”) of TS 26.131 to define missing SWB frequency masks and review related test methods in TS 26.132.
· Update clauses 5.15, 6.14, 7.14, 8.14 ("Jitter buffer management behaviour") of TS 26.131 and clauses 7.13, 8.18, 9.13, 10.13 ("Test conditions") of TS 26.132 for jitter buffer management.
· Develop a new specification to verify correct implementations of the RTP payload format for 3GPP codecs, based on a system simulator, for instance using UE electrical interface tests. Additional tools such as direct decoding of RTP payload or RTP payload dissectors may also be specified.
· Review receiving performance of UEs at maximum volume control (especially receiving frequency responses) and define, if necessary, requirements and test methods in 3GPP TS 26.131 and TS 26.132 to ensure an adequate user experience.
· Document in TR 26.801 any relevant finding from the round robin activity and additional tests conducted in the Rel-17 HaNTE work.

In the present Tdoc, we address the second objective and propose new test cases to assess JBM performance in TS 26.131 and 26.132. 

2. Preliminary observations
Internal tests of VoLTE/VoWifi phones have shown that some DUTs behave differently depending on the negotiated codec, e.g. AMR-WB vs. EVS. 
To be specific, it was observed for such DUTs that packet order inversions are corrected when AMR-WB is used, while this is not the case in EVS calls. Moreover, it was observed that some DUTs better handle late packets for AMR-WB than for EVS.
We cannot explain such DUT design choice, however this motivates developing unit tests for different types of packet impairments; otherwise observed peculiarities may be overshadowed if general impairment profiles are used in DUT testing.  

3. Types of packet impairments
There are four types of packet impairments in VoIP relevant for JBM performance tests:
· Packet loss
· Packet arrival time variations
· Packet order inversion (which may be interpreted as packet arrival time variations)
· Packet duplication

If different types of impairments are mixed in delay/loss profiles used for DUT testing, we measure an average DUT behaviour without knowing actual JBM performance for specific types of impairments. In a real network, all four impairment types can be observed, and these impairments are typically not handled by the same media functions: 
· Packet losses are normally handled by the speech decoder (PLC). However, there may also be UE implementations relying on JBM adaptation (e.g., time stretching/merging) to handle packet losses.
· Impairments other than packet losses are typically handled by JBM, however there may also be JBM induced packet losses that could then be handled by the PLC.
We discuss each type of impairments separately in the next subsections.

3.1. Packet loss
We consider here packet losses occurring at the IP level prior to JBM. 
One may note that PLC efficiency typically depends on the sensitivity of lost speech frames (with a 20 ms frame length). In some cases, an objective quality measurement tool may score a condition with a lost frame at the same level as a clean condition. We have even observed cases where the objective quality for 5 consecutive lost frames can be higher than for one lost frame. Moreover, a slight time offset of an input signal by few samples may result in very different quality scores for the same packet loss conditions. 
In any case, we assume that such packet losses are handled by the PLC algorithm associated to the MTSI codec (AMR, AMR-WB or EVS). Under this assumption, unit tests on packet loss are out of scope for JBM testing and we propose not to define a JBM unit test for packet losses.
NOTE: Packet losses may occur from jitter induced concealment operations (see TS 26.114 [4] clause 8). Such induced packet losses are exploited in the proposed unit tests by defining reference quality scores corresponding to other type of packet impairments – see next sub-sections.
3.2. Packet arrival time variations
Test cases with packet arrival time variations are defined with DTX enabled in TS 26.132.
Delay variations are handled by JBM, one problem is to define appropriate profiles for testing. The six delay/loss profiles from TS 26.114 are not representative of real-life VoLTE or VoWifi cases. Currently there is one profile aimed at representing VoLTE in TS 26.132 Annex F, however this profile has only a provisional status and it contains a mix of jitter and loss cases.
If (real) profiles are to be used, they may include packet losses so it would become more difficult to verify JBM behaviour in response to jitter. We propose to define unit tests for JBM testing with delay profiles, i.e. only packet arrival time variations are defined with no packet loss. 
Appropriate profiles should be sufficiently representative and based on jitter profiles in live networks, and they should not being raw networking recording to avoid modelling a specific operator/vendor implementation.
We propose the following principle:
· For the given speech test sequence, we identify the N most sensitive coded frames.
· In the corresponding pre-recorded packet sequence (clean channel, output of sender packetization), we delay the packet arrival time of the N most sensitive coded frames by a fixed amount of T ms, where T = 20, 40, 60, 80 or 100 ms. This defines a pre-recorded packet sequence for DUT testing at each value of T.
· The DUT is tested with each pre-recorded packet sequence (corresponding to each ‘T ms’ condition); speech quality and delay are measured according to TS 26.132 (see delay clauses in jitter/loss conditions).
NOTE: Compared to the current test setup in TS 26.132, we assume here that pre-recorded packet sequences are played out. This is to ensure a fully reproducibility (at IP level) of speech frame impairments. 
This principle may indirectly provide information on the jitter buffer depth. Since this depth may be adaptive, we suggest using a long speech sequence of 160s (i.e. 5 repeats of concatenated 32 speech).
We illustrate in Annex an example analysis of speech frame sensitive by losing one specific frame at a time in the 32 s speech sub-sequence defined in TS 26.132. Sensitivity is measured in terms of MOS-LQO (POLQA) on 8s double sentences, therefore the 32s speech sub-sequence is split into 4 double sentences of 8s.
A requirement for this unit test may be that speech quality (in delta MOS) should be maintained up to a certain value of T ms (where T is defined in the set 20, 40, 60, 80 or 100).
To avoid issues with packet having identical arrival times in the simulation, neighboring packets should be slightly delated with an appropriate pattern, for instance according to the table below: 
	T (ms)
	n
	n+1
	n+2
	n+3
	n+4
	n+5
	n+6

	20
	20 ms
	1 ms
	0 ms
	0 ms
	0 ms
	0 ms
	0 ms

	40
	40 ms
	21 ms
	2 ms
	0 ms
	0 ms
	0 ms
	0 ms

	60
	60 ms
	41 ms
	22ms 
	3 ms
	0 ms
	0 ms
	0 ms

	80
	80 ms
	61 ms
	42 ms
	23 ms
	4 ms
	0 ms
	0 ms

	100
	100 ms
	81 ms
	62 ms
	43 ms
	24 ms
	5 ms
	0 ms




3.3. Packet order inversion
Packet order inversions may be interpreted as packet arrival time variations. However, it makes sense to test this type of impairment separately as we observed issues with certain DUTs when packets are artificially inverted.
It is worth noting that in some DUTs packet order inversions were well handled for AMR or AMR-WB but not for EVS.
We propose to develop one unit test for packet inversions. In this case other impairments are not mixed to make results more interpretable. The following principle could be used for a unit test in receiving:
· REF: Play reference packet sequence (clean condition), measure speech quality and delay
· TEST: Play packet sequence with packet order inversion, measure speech quality and delay
The expectation is that the REF and TEST results are identical, i.e., the JBM shall correct the order of packets. The actual inversion profile is to be defined.

3.4. Packet duplication
Duplicated packets happen in real MTSI networks.
We propose to test this type of impairment with a simple unit test using the following principle:
· REF: Play reference packet sequence (clean condition), measure speech quality and delay
· TEST: Play packet sequence with duplicates, measure speech quality and delay
The expectation is that the REF and TEST results are identical, i.e., the JBM shall detect and discard duplicated packets.

4. Proposal
In this Tdoc we proposed to introduce new tests to evaluate JBM behaviour to evaluate separately each relevant type of packet impairments. We proposed several unit tests for JBM based on packet playout.
These proposals are captured in related draft CRs to TS 26.131 and TS 26.132 - see [5] and [6].
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Annex: Speech frame sensitivity

In the following figures, the x-axis corresponds to the 20-ms frame index (with 400 frames in an 8s double sentence), the y-axis corresponds to the difference of MOS score between clean channel and MOS score with one isolated frame loss.
Double sentences 1 to 4 correspond to the successive concatenation of two 4s sentences among the set of 8 sentences used in TS 26.132 for delay tests with jitter/loss conditions (with DTX enabled).
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Figure A.1: Results for double sentence 1.
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Figure A.2: Results for double sentence 2.
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Figure A.3: Results for double sentence 3.
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Figure A.4: Results for double sentence 4.
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