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1 Introduction

The work item on the Extension of UE Delay test methods and requirements (EXT_UED) was approved at SA#72 [1]. A revised WID was approved at SA4#73 [2]. The present contribution addresses the following WI objective:
· Enhancements to the existing UE delay test cases, for instance in the area of test signals, delay estimation methods, etc.

2 Enhancements to LTE UE delay measurement 
Based on discussions that took place at SA4#90, the following changes could be considered:
· Receiving delay testing in delay/loss conditions is performed only once for each profile (conditions 1 to 2 in NB/WB and 1 to 3 in SWB), and a single repeat cannot capture the full variability of UE delay in receiving. This existing situation can be improved by combining a short receiving delay in error-free cases prior to conducting the actual measurement with network impairments. To do so, a CSS test signal can be pre-concatenated as a preamble, before the 160s speech test sequence. Then, the measured delay with network impairments can be adjusted according to the difference between the receiving delay in error-free (based on CSS) and the maximum delay (over 5 repeats) measured in error-free case. Test time is slightly increased, however it has the benefit of avoiding multiple repeats of a long test case based on 160s speech.
· Given that delay/loss profiles are well-defined with known statistics, one can replace the 95th percentile by maximum delay, for receiving delay evaluation with network impairments.
Draft changes to 26.132 reflecting the above bullet points are provided in Annex A of the present contribution.
3 Enhancements to delay/loss profile generation
The existing delay/loss profile (conditions 1 to 3) are generated based on the MATLAB source code and input parameters given in Annex E of TS 26.132.
It has already been reported that for DRX 40 ms the amount of out-of-sequence packets is quite large, which may not be realistic. The main reason for this over-estimation of out-of-sequence packets is the uniform distribution assumed for EPC/network delay and uncorrelated EPC/network delay distribution used for successive packets. After some preliminary investigations, it appears that real network delay distribution could be better modelled by a distribution that would be bell-shaped for the main mode over a limited delay range (in the order of 4-6 ms for the EPC part itself), with a rather long tail; this may of course depend on particular operator network settings, therefore a model fitting a too specific implementation should be avoided. We propose here to replace the arbitrary uniform distribution by a Weibull mixture model with two components as a more realistic approximation. The actual parameters for this mixture model are subject to discussion; interestingly they can be modified to adjust the amount of out-of-sequence packets. Note also that the minimum network delay is still kept in the modified model; indeed, it accounts for other aspects than pure EPC delay, such as processing and buffering delay in the network chain between eNodeB antenna points. The minimum delay of profiles to be used as compensation value for testing is unchanged (30 ms).
We also note that currently for packets belonging to the same DRX cycle, EPC/network delay is uncorrelated. Investigations show that the distribution is quite correlated. In a first-approximation a simple solution would be to assume that EPC jitter is near identical for packets sent in the same DRX cycle, however this would remove almost all out-of-sequence packet if the network distribution tail is not very long. With the proposed Weibull mixture model parameters described here, it was found that an independent distribution for packets beloning to the same DRX cycle might be kept.
Moreover, after comparing the simulated delay/loss profiles from TS 26.132 with real packet delay distribution, some additional aspects would need to be captured. One example is the possibility of missing DRX cycles, e.g. due to wrong or impossible decoding of grants from the eNodeB. We propose to simulate randomly missed DRX cycles in the simulation, with a probability to be discussed (an example value of 1% is used here).

Finallly, the UE scheduling is always increased by a fixed amount in the current simulation; in practice, some minor scheduling jitter (of the order of 1-2 ms) seems to be observed in LTE packet traces. This last part is less important and it may have a negligible effect on delay measurement; however, one may include an additional scheduling jitter in the existing MATLAB source code.

The above changes are captured in Annex B of the present contribution. Note that some parameters are currently hard coded (amount of missed DRX cycle, parameters of Weibull mixture model) and they could easily be declared as input parameters if the principles of the proposal are agreed.

A comparison between the existing profile (condition2) and the enhanced profile for the same condition is given in Fig. 1, where IPDV (interpacket delay variation) is the difference between the one-delay of the packet and the delay of previously received packet.
Note that by design, the expected packet loss rate is unchanged when the modifications described in Annex B are applied; however, since some extra calls to random generators are introduced, the packet loss rate distribution will be slightly different from the current value of packet loss rate for profiles 1 to 3.
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	(a) current profile for condition 2
	(b) enhanced profile


Fig. 1: Packet delay/loss model for TS 26.132.

4 Other enhancements
At SA4#90, an enhancement of the actual delay estimation has been discussed in section 4.2 of [3]. This enhancement is not investigated here, however inputs would be welcome to fix this (minor) issue.
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Annex A: Modified test method (proposed draft text changes)
Changes to TS 26.132 are provided for clause 7.10.4.2; the same changes are proposed for the same text repeated in clauses 8.10.4.2 and 9.10.4.2.
--- beginning of change

7.10.4.2
Delay in receiving direction

For this test it shall be ensured that the call is originated from the mobile terminal (MO).

NOTE 1: Differences have been observed between mobile originated call and mobile terminated call. For better consistency MO calls are used.
The test signal consists of a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] followed by a speech signal.

In receiving direction, the delay between the electrical access point of the test equipment and the DRP, is measured in two successive phases: first the delay in error-free case TR is measured as described in steps 1 to 4, clause 7.10.2, then the delay with network impairment TTEAP-DRP(t) = TR-jitter(t) + TTER, is measured continuously for a speech signal during the inclusion of packet delay and loss profiles in the receiving direction RTP voice stream.

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 in LTE transmission scenarios are specified in Annex E. Care must be taken that the system simulator uses a dedicated bearer with no buffering/scheduling of packets for transmission. 

For the CSS signal, 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 E) 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). 
For stationary packet delay variation test conditions (test condition 1 and 2), the first 2 sentences are used for convergence of the jitter buffer management and are discarded from the analysis. The UE delay in the receiving direction shall be reported as the maximum value of the remaining sequence of the 38 sentence delay values of TR-jitter(t)). The values for all 40 sentences shall 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 not taken into account in the UE receive delay measurement in conditions with simulated packet arrival time variations and packet loss.

The obtained maximum delay for the speech signal shall be then compensated by the difference between the delay TR measured for the CSS signal and the maximum receiving delay obtained with at least 5 individual calls (see clause 7.10.2).

--- end of change
Annex B: Modified source code for profile generation
Below is the modified routine from Annex E of TS 26.132. Note that the minimum delay of profiles is unchanged and the maximum network delay parameter is not used.
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 (this parameter is not used in this modified version)
% 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);
% replace uniform distribution model by Weibull mixture model with 2 components (the underlying parameters can be input parameters)
wbl_mix = struct('prob', [0.99 0.01], 'scale', [0.9 15.0], 'shape', [1.7 2.1]); % values for priors can be changed to adjust the amount of out-of-sequence packets, scale and shape parameters are to be confirmed
p=wbl_mix.prob;

[dummy,comp] = histc(rand(nFrames,1), [0; cumsum(p(:))./sum(p)]); % randomly pick components

eNB1_eNB2_dly = min_net_delay + wblrnd(wbl_mix.scale(comp), wbl_mix.shape(comp));
% add scheduling jitter

eNB1_scheduling_jitter = round(1.*rand(nFrames,1)); % 1 ms jitter for scheduling 

eNB2_scheduling_jitter = round(1.*rand(nFrames,1)); % 1 ms jitter for scheduling

ack1 = zeros(nFrames,1); 

ack2 = zeros(nFrames,1); 

% define hard-value for probability of missed DRX cycle in uplink and downlink (this can be an input parameter)

missed_drx_cycle = 0.01;
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;
        % Simulate missed DRX cycle

        if (rand(1) < missed_drx_cycle)

            UE1_scheduling_time = UE1_scheduling_time + drx_cycle_length;

        end
    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

    scheduling_jitter = eNB1_scheduling_jitter(frame);
    while (wall_clock<=UE1_scheduling_time)

        UE1_eNB2_time(frame)=ack*(UE1_scheduling_time+ +scheduling_jitter+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

    sheduling_jitter = eNB2_scheduling_jitter(frame);
    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+ +sheduling_jitter+eNB2_transmit_delay);

        end

        ack2(frame)=ack;

        frame=frame+1;

    end

    % Update the scheduling time

    UE2_scheduling_time=UE2_scheduling_time+drx_cycle_length;
    % Simulate missed DRX cycle

    if (rand(1) < missed_drx_cycle)

       UE2_scheduling_time = UE2_scheduling_time + drx_cycle_length;

    end
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;
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