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1. Introduction
This contribution is a continuation of [1]. Instead of changing existing delay tests we propose to update clauses related to JBM performance, as suggested during SA4#122.

2. Proposal
See changes Annex A for TS 26.131 and Annex B for TS 26.132. Note that only changes related to narrowband clauses are included, changes for other bandwidth cases can be easily extended based on this example.
We propose to agree on these updates as a basis for further work.
NOTE: Formal CRs are expected at SA4#125 to be provided once the test methods is fully validated on different setups (e.g., LabCore + CMW500, PCAP player on CMW500) and test results on various devices are completed. A preliminary profile was shared at SA4#123-e in [2].
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Annex A: Changes to TS 26.131



[bookmark: _Toc19285539][bookmark: _Toc92799604][bookmark: _Toc92883004]5.15	Jitter buffer management behaviour
[bookmark: _Toc19265853][bookmark: _Toc92883365][bookmark: _Toc92883765][bookmark: _Toc99015488]5.15.1	Requirement
5.15.1.0	General
The UE delay definition is the same as in clause 5.12.0.
5.15.1.1	Handset UE
For MTSI-based speech-only with LTE, NR or WLAN access in conditions with simulated packet arrival time variations and packet loss and AMR speech codec operation, the sum of the UE delays in sending and receiving directions (TS + TR) shall be less than or equal to the delay requirements in Table X-NB1, while meeting the speech quality targets defined.
See NOTE X in clause 5.12.1 for the derivation of UE delay requirements.
Table X-NB1: UE delay and speech quality requirements for LTE, NR and WLAN access
	Profile
	Delay and Loss Profile

	Performance Objectives for Maximum Delay
	Requirements for Maximum Delay 
	Speech Quality
Requirements 
(see Note) 

	0
	Error free condition with minimal jitter
	TS + TR ≤ [150ms]
	TS + TR ≤ [190ms]

	No requirement, reference score 
MOS-LQOREF

	1
	volte_profile_jbm
	TS + TR ≤ [150ms]
	TS + TR ≤ [190ms]

	MOS-LQOTEST ≥ 
MOS-LQOREF – [0.1]

	
	NOTE: The purpose of this test is to provide a relative comparison of the objective speech quality between the reference and test conditions. This test is not to be construed as a method to evaluate the absolute objective speech quality of the device.


Compliance shall be checked by the relevant tests described in 3GPP TS 26.132.
5.15.1.2	Headset UE
[bookmark: _Toc26369243][bookmark: _Toc36227125][bookmark: _Toc36228139][bookmark: _Toc36228766][bookmark: _Toc68847085][bookmark: _Toc74611020][bookmark: _Toc75566299][bookmark: _Toc89789850][bookmark: _Toc99466485]5.15.1.2.1	Wired headset
For MTSI-based speech-only with LTE, NR or WLAN access in conditions with simulated packet arrival time variations and packet loss and AMR speech codec operation, the sum of the UE delays in sending and receiving directions (TS + TR) shall be less than or equal to the delay requirements in Table X-NB2, while meeting the speech quality targets defined.
See NOTE X in clause 5.12.2.1 for the derivation of UE delay requirements.
Table X-NB2: UE delay and speech quality requirements for LTE, NR and WLAN access
	Profile
	Delay and Loss Profile

	Performance Objectives for Maximum Delay
	Requirements for Maximum Delay 
	Speech Quality
Requirements 
(see Note) 

	0
	Error free condition with minimal jitter
	TS + TR ≤ [150ms]
	TS + TR ≤ [190ms]

	No requirement, reference score 
MOS-LQOREF

	1
	volte_profile_jbm
	TS + TR ≤ [150ms]
	TS + TR ≤ [190ms]

	MOS-LQOTEST ≥ 
MOS-LQOREF – [0.1]

	
	NOTE: The purpose of this test is to provide a relative comparison of the objective speech quality between the reference and test conditions. This test is not to be construed as a method to evaluate the absolute objective speech quality of the device.


Compliance shall be checked by the relevant tests described in 3GPP TS 26.132.
5.15.1.2.1	Wireless headset
For further study.

5.15.1.3	Electrical interface UE
For MTSI-based speech-only with LTE, NR or WLAN access in conditions with simulated packet arrival time variations and packet loss and AMR-WB speech codec operation, the sum of the UE delays in sending and receiving directions (TS + TR) shall be less than or equal to the delay requirements in Table X-NB3, while meeting the speech quality targets defined.  The delay budget BD to be considered in the performance requirements and objectives depends on the type of electrical interface UE and is given by Table 8quater1.
See NOTE 2 in clause 5.12.3 for the derivation of UE delay requirements.
Table X-NB3: UE delay and speech quality requirements for LTE, NR and WLAN access
	Profile
	Delay and Loss Profile

	Performance Objectives for Maximum Delay
	Requirements for Maximum Delay 
	Speech Quality
Requirements 
(see Note) 

	0
	Error free condition with minimal jitter
	TS + TR ≤ [150+BD ms]
	TS + TR ≤  [190+BD ms]

	No requirement, reference score 
MOS-LQOREF

	1
	volte_profile_jbm
	TS + TR ≤  [150+BD ms]
	TS + TR ≤ [190+BD ms]

	MOS-LQOTEST ≥ 
MOS-LQOREF –[0.1] 

	
	NOTE: The purpose of this test is to provide a relative comparison of the objective speech quality between the reference and test conditions. This test is not to be construed as a method to evaluate the absolute objective speech quality of the device.



Compliance shall be checked by the relevant tests described in 3GPP TS 26.132.
5.15.2	Additional characteristics
For MTSI-based speech-only with LTE, NR or WLAN access, a jitter buffer is used in receiving to handle the variation in packet receiver timing (see clause 8 of TS 26.114 [17]). 
If the jitter buffer management (JBM) behaviour is evaluatedcharacterised, the following statistics shall be reported for conditions specified in TS 26.132:
-	Delay histogram (on a per sentence basis)
-	Quality loss histogram (on a per sentence pair basis)
and all measured delay and quality loss values for these conditions shall be reported as a function of measurement time, together with minimum and maximum values.
The relevant test is described in 3GPP TS 26.132.
End of changes




Annex B: Changes to TS 26.132





Change 1

[bookmark: _Toc19265852][bookmark: _Toc92883364][bookmark: _Toc92883764][bookmark: _Toc130817659]7.13	Jitter buffer management behaviour (handset, headset and electrical interface UE)
[bookmark: _Toc130817660]7.13.0	General
For speech-only with LTE, NR or WLAN access, a jitter buffer is used in receiving to handle the variation in packet receiver timing. To minimize the additional latency introduced by the jitter buffer, adaptation is used to minimize delay while preventing packet losses due to packet delivery timing variations. See clause 8 of TS 26.114 [39] for the definition of jitter buffer and minimum performance requirements on JBM.
The test method in clause 7.13.1 is used to assess the requirement on JBM performance.
The test method split in clauses 7.13.2 and 7.13.2 is used to characterisze different possible strategies and trade-offs in the design of JBM implementations used in MTSI terminals.
[bookmark: _Toc19265854][bookmark: _Toc92883366][bookmark: _Toc92883766][bookmark: _Toc130817661]7.13.1	Delay and speech quality in conditions with packet arrival time variations (handset, headset, electrical interface UE)
The test method is the same as in clause 7.10.4, except that Profiles 0 and 1 are described in Annex E2a.
NOTE:	The profile is constructed based on considerations from realistic packet impairments observed on LTE. It does not include any packet loss for better disentanglement between JBM and PLC performance.
7.13.21	Delay histogram
For this test it shall be ensured that the call is originated from the UE.
NOTE 1:	Differences have been observed between UE-originated calls and UE-terminated calls. For better consistency, calls from the UE are used.
The test signal consists of 3 repeats of the Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] followed by a speech signal of 160s. During the first two CSS signals the terminal can adapt its jitter buffer. The third CSS is used for measuring the delay in constant-delay condition, and the speech signal is used for delay and quality measurement in the packet impairment condition.
Constant delay Tc corresponding to the minimum delay of the profile (i.e. the compensation value for the profile) shall be added at the beginning of the different delay/loss profiles, to avoid unecessary delay jumps between the two measurement phases and realistic conditions for the second measurement test phase.
In receiving direction, the delay between the electrical access point of the test equipment and the reference point (RP), TTEAP-RP(t) = TR-jitter(t) + TTER, is measured in two successive phases:
1)	First the delay in constant-delay condition TTEAP-DRP-constant is measured as described in steps 1 to 4, clause 7.10.2/7.10.2a/7.10.2b, using the third CSS signal. The constant delay Tc is subtracted from TTEAP-RP to obtain TR-constant.
2)	Then the delay with packet impairment TR-jitter(t) is measured continuously for a speech signal during the inclusion of packet delay and loss profiles in the receiving direction RTP voice stream.
The reference point is defined as follows:
-	for handset and headset UE, the reference point is the DRP.
-	for electrical interface UE, the reference point is the input of the electrical reference interface.
Packet impairments shall be applied between the reference client and system simulator eNodeB. Separate calls shall be established for each packet impairment condition.
The start of the delay profiles must be synchronized with the start of the downlink speech material reproduction (compensated by the delay between reproduction and the point of impairment insertion, i.e. the delay of the reference client) in order to ensure a repeatable application of impairments to the test speech signal. Tests shall be performed with DTX enabled in the reference client.
NOTE 2: RTP packet impairments representing packet delay variations and loss are specified in Annex F. Care must be taken that the system simulator uses a dedicated bearer with no buffering/scheduling of packets for transmission.
For the CSS signal repeated 3 times, the pseudo random noise (pn)-part of the CSS has to be longer than the maximum expected delay. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal level is -16 dBm0 measured at the digital reference point or the equivalent analogue point.
For the speech signal, 8 English test sentences according to ITU-T P.501 Annex C.2.3, normalized to an active speech level of -16dBm0, are used (2 male, 2 female speakers). The sequences are concatenated in such a way that all sentences are centered within a 4.0s time window, which results in an overall duration of 32.0s. The sequences are repeated 5 times, resulting in a test file 160.0s long. The first 2 sentences are used for convergence of the UE jitter buffer manager and are discarded from the analysis. Equivalent implementations of the concatenation by repeating the test sentences in sequence may be used.
For the delay calculation with the speech signal, a cross-correlation with a rectangular window length of 4s, centered at each sentence of the stimulus file, is used. The process is repeated for each sample. For each cross correlation, the maximum of the envelope is obtained producing one delay value per sentence.
The UE delay in the receive direction, TR-jitter(t), is obtained by subtracting the delay introduced by the test equipment and the simulated transport network packet delay introduced by the delay and loss profile (as specified for the respective profile in Annex F) from the first electrical event at the electrical access point of the test equipment to the first bit of the corresponding speech frame at the system simulator antenna, TTER, from the measured TTEAP-DRP(t).
The difference DT between maximum receiving delay obtained with at least 5 individual calls (see clause 7.10.2) and the delay TR-constant measured for the CSS signal in constant delay condition is calculated. The quantity "Call-to-Call Variability Adjustment" (CCVA) = max(0,DT) shall be added to the obtained delay for the speech signal TR-jitter(t).
The UE delay in the receiving direction shall be reported in the form of an histogram covering the range of measured CCVA-adjusted values (TR-CCVA(t) = TR-jitter(t) + CCVA) with a step of 20 ms. The following pseudo code provides an example implementation for the histogram:
lo=min(floor(TR-CCVA(t=1...40)/20)*20)
hi=max(ceil(TR-CCVA(t=1...40)/20)*20)
[n,x]=hist(TR-CCVA(t=1...40),lo:20:hi)
bar(x,n)
The TR-CCVA values for all 40 sentences shall also be reported in the test report.
NOTE 3: The synchronization of the speech frame processing in the UE to the bits of the speech frames at the UE antenna may lead to a variability of up to 20 ms of the measured UE receive delay between different calls. This synchronization is attributed to the UE receiving delay according to the definition of the UE delay reference points.  The effect of this possible call-to-call variation is taken into account with the CCVA = max(0,DT) value.

[bookmark: _Toc19265855][bookmark: _Toc92883367][bookmark: _Toc92883767][bookmark: _Toc130817662]7.13.32	Speech quality loss histogram
For the evaluation of speech quality loss in conditions with packet arrival time variations and packet loss, the speech test signal described in clause 7.13.21 shall be used. Two 48 kHz recordings are used to produce the speech quality loss metric:
-	A recording obtained in jitter and error free conditions with the test signal described in clause 7.13.21 (reference condition)
-	A recording obtained during the application of packet arrival time variations and packet loss as described in clause 7.13.21 (test condition)
The speech quality of the signal is estimated using the measurement algorithm described in ITU-T Recommendation P.863 [44] in super-wideband mode. For narrowband speech, the method according to Appendix III of P.863 [44] shall be used. Level pre-alignment to -26 dBov of recordings shall be used – see P.863.1 clause 10.2 [45].
NOTE: For the analysis of acoustical measurements, ITU-T P.863 [44] assumes diffuse-field equalized recordings. For this reason, signals at DRP are diffuse-field corrected for testing handset and headset UE. For electrical interface UE, only the level pre-alignment is applied.
A score shall be computed for each 8s speech sentence pair. The MOS-LQO values for the reference and test conditions shall be reported in the form of an histogram covering the range of measured values with a step of 0.1 and the values for all 20 sentences pairs shall also be reported in the test report. The following pseudo code provides an example implementation for the histogram:
lo=min(floor(MOS-LQOtest condition(i=1...20)/0.1)*0.1)
hi=max(ceil(MOS-LQOtest condition(i=1...20)/0.1)*0.1)
[n,x]=hist(MOS-LQOtest condition(i=1...20),lo:0.1:hi)
bar(x,n)
The synchronization between stimuli and degraded condition shall be done by the test system before applying the P.863 algorithm on each sentence pair.



Change 2 (Annex E)

[bookmark: _Toc19266077][bookmark: _Toc92883632][bookmark: _Toc92884032][bookmark: _Toc123567903]Annex E (normative):
Packet delay and loss profiles for UE delay testing of MTSI-based speech with LTE access
[bookmark: _Toc19266078][bookmark: _Toc92883633][bookmark: _Toc92884033][bookmark: _Toc123567904]E.1	General
This Annex provides packet delay and loss profiles to be inserted on the IP packets in the test system when testing the UE delay and speech quality for MTSI-based speech with LTE access in jitter and error conditions. The profiles are based on the assumption that one IP packet corresponds to 20ms of the speech sequence. In order to preserve the synchronization of the elements in the profile and the timing of the speech sequence (e.g. the RTP time stamp) when the speech codec does not produce one packet every 20ms, e.g. during speech codec DTX operation, the profiles needs to be sub-sampled in accordance with the rate of production of the packets containg the speech frames.
The variation in the packet arrival time and the loss rate of the speech packets experienced by the receiving UE in an LTE connection will vary depending on several parameters and operating conditions of the LTE network. Standardized characteristics with respect to Packet Delay Budget (PDB) and Packet Error Loss Rate (PELR) for different QoS Class Identifiers (QCI) for an LTE access network are defined in 3GPP TS 23.203 [42]:
-	The PDB of a QCI defines an upper bound for the time that a packet may be delayed between the UE and the PCEF. For a certain QCI the value of the PDB is the same in uplink and downlink. The purpose of the PDB is to support the configuration of scheduling and link layer functions (e.g. the setting of scheduling priority weights and HARQ target operating points). The PDB shall be interpreted as a maximum delay with a confidence level of 98 percent.
-	The PELR of a QCI defines an upper bound for the rate of SDUs (e.g. IP packets) that have been processed by the sender of a link layer protocol (e.g. RLC in E‑UTRAN) but that are not successfully delivered by the corresponding receiver to the upper layer (e.g. PDCP in E‑UTRAN). Thus, the PELR defines an upper bound for a rate of non congestion related packet losses. The purpose of the PELR is to allow for appropriate link layer protocol configurations (e.g. RLC and HARQ in E‑UTRAN). For a certain QCI the value of the PELR is the same in uplink and downlink.

The stipulated PDB and PELR as defined in 3GPP TS 23.203 for QCI1 intended for Conversational Voice services results in that on each link 99 percent of the packets will be successfully delivered over an LTE air interface with a maximum delay of less than 80ms with a confidence level of 98 percent.
[bookmark: _Toc19266079][bookmark: _Toc92883634][bookmark: _Toc92884034][bookmark: _Toc123567905]E.2	Simulation model for generating packed delay and loss profiles
This clause describes a simulation model that generates packet arrival time variations and packet loss experienced by the receiving UE for MTSI-based speech with an end-to-end LTE access.
The model is derived solely for the purpose of testing the UE delay for MTSI-based speech with LTE access. As discussed in Section E.1, several LTE network parameters have a significant impact on the packet delay variations experienced by the UE. This model includes the effect of the DRX cycle, the BLER on the MAC/PHY layer, the HARQ re-transmission and RMC scheduler [46]. In addition, jitter in the EPC and the effect of the mis-alignment of the DRX-cycle between the uplink and downlink eNBs are included.
The model is described in Table E.1 and operates on the following input parameters
-	Uplink and downlink block error rate (BLER), respectively.
-	Maximum number of HARQ re-transmissions on uplink and dowblink, respectively.
-	DRX cycle length.
-	Time differnce between the uplink and the downlink eNB DRX cycle.
-	Maximum and minimum network delay between the uplink and the downlink eNB.
The random number generator used in the model produces pseudorandom values drawn from the standard uniform distribution on the open interval (0, 1).
The model generates packet delay and loss profiles for two different test system configurations of the UE delay:
-	When the system simulator is transparent in the downlink at the MAC/PHY layer and does not operate in DRX. This approach requires the variations of the delay due to downlink HARQ re-transmissions and mapping to the DRX cycle to be simulated. In this case, the model simulates the delay and jitter profiles for the packets from the antenna of the sending UE to the antenna receiving UE (end-to-end simulation). This is the testing condition used in 3GPP TS 26.132.
-	When the system simulator is configured for error insertion in the downlink at the MAC/PHY layer and DRX operation, and the system simulator implements the HARQ re-transmissions and the mapping of the packets to the DRX cycle time at the downlink. In this case, the model simulates the delay and loss profiles from the sending UE up to the receiving eNB. This testing condition is currently not used in 3GPP TS 26.132.
It should be noted that the model does not fully utilize the PDB for QCI1 as defined in 3GPP TS 23.203 and does not include temporary variations of the packet arrival time variation and the loss rate that may be experienced during e.g. hand-over or congestion. Hence, the packet delay and loss profiles generated by the model do not fully exercise the conditions that the jitter buffer management of the UE may be exposed to in LTE systems and the profiles generated by the model are only intended for the testing of the UE delay in stationary operating conditions.
Table E.1: Simulation model for generating packet delay and loss profiles for MTSI-based speech with LTE access
	function [UE1_UE2_dly,UE1_eNB2_dly,plr,comp_e2e,comp] = ...
    VoLTEDelayProfile_vPHY(BLER_tx, BLER_rx, max_tx, max_rx, drx_cycle_length, mis_eNB1_eNB2, max_net_delay, min_net_delay, nFrames, seed)

% BLER_tx          : The block error rate in uplink.
% BLER_rx          : The block error rate in downlink.
% max_tx           : The maximum number of transmission attempts in uplink.
% max_rx           : The maximum number of transmission attempts in downlink.
% drx_cycle_length : The length of the DRX cycle
% mis_eNB1_eNB2    : Scheduling time mis-alignment between eNB1 and eNB2
% max_net_delay    : The maximum network delay between eNB1 to eNB2
% min_net_delay    : The minimum network delay between eNB1 to eNB2
% nFrames          : The number of frames for the simulation
% seed             : Random number generator seed
rng(seed);
UE1_UE2_time = zeros(nFrames, 1);
UE1_eNB2_time = zeros(nFrames,1);
eNB1_eNB2_dly = round(min_net_delay + (max_net_delay-min_net_delay).*rand(nFrames,1));
ack1 = zeros(nFrames,1);
ack2 = zeros(nFrames,1);

wall_clock = 20;
frame = 1;
frame_size = 20;
simulationTime = nFrames*frame_size;
% Calculate the delay from UE1 speech encoder delivery to eNB2. If
% transmission to eNB1 is not successful after max_tx attempts, dly = 0 (packet loss)
while (wall_clock<=simulationTime)
    % Set the scheduling time
    if drx_cycle_length == 0
        UE1_scheduling_time=wall_clock;
    else
        UE1_scheduling_time=ceil(wall_clock/drx_cycle_length)*drx_cycle_length;
    end
  
    % Add the tx effect for the scheduling time
    n=0;
    eNB1_receive_delay = 0;
    while n < max_tx
        if (rand(1) < BLER_tx)
            eNB1_receive_delay = eNB1_receive_delay+8;
            n=n+1;
            ack=0;
        else
            ack=1;
            n=max_tx;
        end
    end
  
    while (wall_clock<=UE1_scheduling_time)
        UE1_eNB2_time(frame)=ack*(UE1_scheduling_time+eNB1_receive_delay+eNB1_eNB2_dly(frame));
        wall_clock=wall_clock+frame_size;
        ack1(frame)=ack;
        frame=frame+1;
    end;
end

% Translate arrival time to packet delay for UL simulation
wall_clock = frame_size*(1:nFrames)';
UE1_eNB2_dly = max(-1, UE1_eNB2_time-wall_clock);

% Sort for monotonic arrival time to DL for simulation
[UE1_eNB2_time,monotonic_index]=sort(UE1_eNB2_time);

% Calculate the delay from eNB2 to UE2 (only for those packets that
% successfully arrived at the eNB2!). If transmission to UE2 is not
% successful after max_tx attempts, dly = 0; (packet loss)
frame = 1;
UE2_scheduling_time=mis_eNB1_eNB2;

while frame<=nFrames  
    % Add the rx effect for the scheduling time
    n=0;
    eNB2_transmit_delay = 0;
    while n < max_rx
        if (rand(1) < BLER_rx)
            eNB2_transmit_delay = eNB2_transmit_delay+8;
            n=n+1;
            ack=0;
         else
            ack=1;
            n=max_rx;
        end
    end
  
    while ((frame<=nFrames)&&(UE1_eNB2_time(frame)<UE2_scheduling_time))
        if (UE1_eNB2_time(frame)==-1)
            UE1_UE2_time(frame)=-1;
        else
            UE1_UE2_time(frame)=ack*(UE2_scheduling_time+eNB2_transmit_delay);
        end
        ack2(frame)=ack;
        frame=frame+1;
    end
  
    % Update the scheduling time
    UE2_scheduling_time=UE2_scheduling_time+drx_cycle_length;
end

% Re-order for orignal transmit order
UE1_UE2_time(monotonic_index) = UE1_UE2_time;

% Translate arrival time to packet delay
wall_clock = frame_size*(1:nFrames)';
UE1_UE2_dly = max(-1, UE1_UE2_time-wall_clock);

% Set compensation values
if drx_cycle_length==0
    comp_e2e=min_net_delay;
    comp=min_net_delay;
else  
    comp_e2e=min(UE1_UE2_dly(UE1_UE2_dly>0));
    comp=min(UE1_eNB2_dly(UE1_eNB2_dly>0));
end

% Calculates the overall packet loss from UE1 to UE2
pl=0;
for frame=1:nFrames
    if UE1_UE2_dly(frame)==-1;
        pl=pl+1;
    end
end
plr=pl/nFrames;



E.2a	Methodology to construct a profile based on impairments observed in live operation
Editor’s Note: the description is not available, see S4-221445 for a preliminary description

[bookmark: _Toc19266080][bookmark: _Toc92883635][bookmark: _Toc92884035][bookmark: _Toc123567906]E.3	Packet delay and loss profiles for simulated stationary operating conditions with DRX 20 ms and DRX 40 ms
Three delay and loss profiles simulating the packet delay variations and packet loss that a UE may experience in stationary operating conditions with 20ms, 40ms DRX and 40ms DRX with higher BLER, respectively, are generated from the model with the parameter settings as described in Table E.2. The delay profiles are attached as text files and as binary trace files in the form of TCN network emulator.
Table E.2: Parameter settings for packet delay profile generation.
	[bookmark: MCCQCTEMPBM_00000042]Operating condition
	Parameter setting 
	System simulator operation
	Delay and Loss profile

	Stationary DRX 20 ms
	BLER_tx          : 0.1
BLER_rx          : 0.1
max_tx           : 3
max_rx           : 3
drx_cycle_length : 20
mis_eNB1_eNB2    : 10
max_net_delay    : 33
min_net_delay    : 27
nFrames          : 8000
seed             : 0
	Transparent system simulator downlink
	dly_profile_20msDRX_10pct_BLER_e2e

	
	
	System simulator generating HARQ re-transmissions and DRX operation on the downlink
	dly_profile_20msDRX_10pct_BLER_ue1_to_eNB2 (Not used in 3GPP TS 26.131)

	Stationary DRX 40 ms
	BLER_tx          : 0.1
BLER_rx          : 0.1
max_tx           : 3
max_rx           : 3
drx_cycle_length : 40
mis_eNB1_eNB2    : 30
max_net_delay    : 33
min_net_delay    : 27
nFrames          : 8000
seed             : 0
	Transparent system simulator downlink
	dly_profile_40msDRX_10pct_BLER_e2e
(Not used in 3GPP TS 26.131)

	
	
	System simulator generating HARQ re-transmissions and DRX operation on the downlink
	dly_profile_40msDRX_10pct_BLER_ue1_to_eNB2
(Not used in 3GPP TS 26.131)

	Stationary DRX 40 ms (22% BLER)
	BLER_tx          : 0.22
BLER_rx          : 0.22
max_tx           : 3
max_rx           : 3
drx_cycle_length : 40
mis_eNB1_eNB2    : 30
max_net_delay    : 36
min_net_delay    : 24
nFrames          : 8000
seed             : 0
	Transparent system simulator downlink
	dly_profile_40msDRX_22pct_BLER_e2e



Since the model simulates the packet transmission end-to-end, the delay profiles include a packet delay component that according to the definition of the UE delay in 3GPP TS 26.131 [1] is not attributed to the UE delay. This delay shall be included in the test equipment delay when deriving the UE delay from the delay measurments based on the cross-correlation of the injected and measured signals. Values for the compensation attributed to the packet delay profiles are shown in Table E.3.
Table E.3: Packet delay profiles compensation values.
	[bookmark: MCCQCTEMPBM_00000043]Delay and Loss profile
	Compensation value 

	dly_profile_20msDRX_10pct_BLER_e2e
	30 ms

	
	

	dly_profile_40msDRX_10pct_BLER_e2enew
	30 msTBD

	
	

	dly_profile_40msDRX_22pct_BLER_e2e
	30 ms

	
	





Change 3 (Attachment)

Include in new profiles
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