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	First Change


8.10.4.2
Delay in receiving direction

 For this test it shall be ensured that the call is originated from the mobile terminal (MO).
In receiving direction, the delay between the electrical access point of the test equipment and the DRP, 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. 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 disabled in the reference client. The use of DTX enabled for this test is for further study.
NOTE 1: 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 speech signal, 8 English test sentences according to ITU-T P.501 Annex B.3.3, 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.

NOTE 2: Two out of the four sentence pairs are not compliant with ITU-T Recommendation P.863.1

For the delay calculation, 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 excluding the two largest values of the remaing sequence of the 38 sentence delay values, i.e. the 95-percentile value 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.

	Second Change


9.10.4.2
Delay in receiving direction

 For this test it shall be ensured that the call is originated from the mobile terminal (MO). In addition to the tests conducted at the rate of 24,4 kbit/s (see Clause 5.2.1), if the UE is able to originate calls using 13,2 kbit/s channel-aware mode (using FEC_OFFSET=3), then tests at 13,2 kbit/s channel-aware mode shall also be conducted.
In receiving direction, the delay between the electrical access point of the test equipment and the DRP, 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. 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 disabled in the reference client. The use of DTX enabled for this test is for further study.
NOTE 1: 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 speech signal, 8 English test sentences according to ITU-T P.501 Annex B.3.3, 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.

NOTE 2: Two out of the four sentence pairs are not compliant with ITU-T Recommendation P.863.1

For the delay calculation, 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, 2 and 3), 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 excluding the two largest values of the remaing sequence of the 38 sentence delay values, i.e. the 95-percentile value 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.

	Third Change


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, and the HARQ re-transmission. 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.X 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;
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