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----------------------------------- START OF MODIFIED CLAUSES ------------------------------

7.10
Delay

7.10.0
UE Delay Measurement Methodologies

For UMTS access and LTE access in error and jitter free conditions, the sum of the UE delays in the sending and receiving directions (TS+TR) shall be measured according to the methods described in clauses 7.10.1 and 7.10.2. In the event that the system simulator delays in send and/or receive directions are not stable between calls or cannot be accurately determined, the alternative method described in clause 7.10.3 may be used to obtain (TS+TR) and the measured instability or inaccuracy observed when the methods described in 7.10.1 and 7.10.2 were performed shall be recorded in the test report. The test method(s) used and all results obtained shall also be recorded in the test report.

For LTE access in jitter conditions, the sum of the UE delays in the sending and receiving directions (TS+TR-jitter) and the objective speech quality in the receive direction shall be measured according to the method described in clause 7.10.4.
7.10.1
Delay in sending direction (Handset UE)

The handset terminal is setup as described in clause 5.1.1.


The UE delay in the sending direction is obtained by measuring the delay between MRP and the electrical access point of the test equipment and subtracting the delays introduced by the test equipment, TTES, from the measured value.
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Figure 17b1: Different entities when measuring the delay in sending direction

The delay measured from MRP to the electrical access point of the test equipment is T s + TTES. 
TTES: The delay between the last bit of a speech frame at the system simulator antenna and the first electrical event at the electrical access point of the test equipment.

1.
For the measurements, a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] is used. 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 -4,7 dBPa at the MRP.

2
The reference signal is the original signal (test signal). The setup of the handset/headset terminal is made corresponding to clause 5.1.

3.
The delay is determined by cross-correlation analysis between the measured signal at the electrical access point and the original signal. The measurement is corrected by subtracting the test equipment delay TTES.

4.
The delay is measured in ms and the maximum of the cross-correlation envelope is used for the determination.

7.10.1a
Delay in sending direction (headset UE)


The UE delay in the sending direction is obtained by measuring the delay between MRP and the electrical access point of the test equipment and subtracting the delays introduced by the test equipment, TTES, from the measured value.
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Figure 17b2: Different entities when measuring the delay in sending direction with a headset connected via cable

Note:
The test setup only applies to headsets connected by wire. Wireless headsets (e.g. connected by Bluetooth) are currently out of scope.

The test method is the same as for handset UE (clause 7.10.1).

7.10.2
Delay in receiving direction (handset UE)

The handset terminal is setup as described in clause 5.


The UE delay in the receiving direction is obtained by measuring the delay between the electrical access point of the test equipment and the DRP and subtracting the delays introduced by the test equipment, TTER, from the measured value.
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Figure 17b3: Different entities when measuring the delay in receiving direction

The delay measured from the electrical access point of the test equipment  to DRP is T r + TTER.
TTER: The delay between the first electrical event at the electrical access point of the test equipment and the first bit of the corresponding speech frame at the system simulator antenna.

1.
For the measurements a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] is used. 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.

2
The reference signal is the original signal (test signal). The setup of the handset/headset terminal is in correspondence to clause 5.1.

3.
The delay is determined by cross-correlation analysis between the measured signal at the electrical access point and the original signal. The measurement is corrected by subtracting the test equipment delay TTER.

4.
The delay is measured in ms and the maximum of the cross-correlation envelope is used for the determination.

7.10.2a
Delay in receiving direction (headset UE)


The UE delay in the receiving direction is obtained by measuring the delay between the electrical access point of the test equipment and the DRP and subtracting the delays introduced by the test equipment, TTER, from the measured value.
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Figure 17b4: Different entities when measuring the delay in receiving direction with a headset connected via cable

Note:
The test setup only applies to headsets connected by wire. Wireless headsets (e.g. connected by Bluetooth) are currently out of scope.

The test method is the same as for handset UE (clause 7.10.2).

7.10.3
Delay in sending + receiving direction using “echo” method (handset UE)


The UE delay is obtained by measuring the delay between the MRP and the DRP and subtracting the delays introduced by the test equipment, TSS, from the measured value.
[image: image5.emf]   

System  Simulator   RF Reception   RF  Transmission   &   Speech  coder   Mobile Station  SND Signal  Processing  Entities  

Mobile Station  Microphone  

Artificial    Mouth  

MRP  

System  Simulator   RF Transmission   RF Reception    &   Speech  Decoder   Mobile Station  RCV Signal  Processing  Entities  

Mobile Station  Loudspeaker  

DRP  

Artificial    Ear  

T R CV  

T SS  

T S  


The delay measured from MRP to DRP is (TR + TS + TSS).
TSS: The delay between the last bit of a speech frame at the system simulator antenna and the first bit of the looped back speech frame at the system simulator antenna.

Method of measurement

1.
For the measurements a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [22] is used. It is recommended to use a pn sequence of 32 k samples (with 48 kHz sampling rate). The test signal level is -4.7 dBPa at the MRP.

2.
The system simulator is configured for “loopback” or “echo” operation. In “loopback” or “echo” operation, the packets in the sending direction are routed to the receiving direction by the system simulator.

3.
The reference signal is the original signal (test signal). The setup of the mobile station is in correspondence to clause 5.1.

4.
The mouth-to-ear delay is determined by cross-correlation analysis between the measured signal at DRP and the original signal. The analysis window for the cross-correlation shall start at an instant T > 50ms in order to discard the cross-correlation peaks corresponding to the direct acoustic path from mouth to ear and possible delayed sidetone signal. The measurement is corrected by subtracting the system simulator delay TSS to obtain the TR + TS delay.

5.
The delay is measured in ms and the maximum of the cross-correlation envelope is used for the determination.

7.10.3a
Delay in sending + receiving direction using “echo” method (headset UE)


The UE delay is obtained by measuring the delay between the MRP and the DRP and subtracting the delays introduced by the test equipment, TSS, from the measured value.
The test method is the same as for handset UE (clause 7.10.3).
7.10.4

Delay and speech quality for LTE access in jitter and error conditions
7.10.4.1
Delay in sending direction
The UE delay in the sending direction, TS, shall be measured in jitter and error free conditions according to clause 7.10.0.

7.10.4.2
Delay in receiving direction
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 using the MSMP signal according to ITU-T P.501 during the inclusion of packet impairments in the downlink RTP voice stream (from system simulator to UE). The MSMP signal is used as follows:
· Remove pause between 10.2 und 10.7s (500ms)

· Remove pause of 500ms at the beginning

· Delete pause of 600ms at the end

· Resulting signal duration: 21.66 – 0.5 – 0.5 – 0.6 = ~ 20s

· Repeat signal 8x (~160s) and limit duration to 150s

· Apply wideband filtering and set average signal level to -16dbm0
Editor’s note: The use of MSMP with a separate measurement for voice quality and delay needs additional discussion.
For the speech signal, 8 English test sentences according to ITU-T P.501 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.
RTP packet impairments representing delay and jitter in LTE transmission scenarios are defined in S4-AHQ077
 for stationary radio conditions (i.e. BLER is fixed over time).
Editor’s note: These profiles model static radio conditions, to be more realistic one profile can be added.
The packet impairments shall be applied on the RTP stream 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 in order to ensure a repeatable application of impairments to the.test speech signal.
Any constant delay introduced by the test system and the DUT is compensated in advance to determining the variable delay. For this purpose a cross correlation analysis with an FFT size of 131072 (corresponds to ±1.35s of detectable delay @48kHz) is used.
For the delay over time analysis, a short-term cross-correlation with a sliding window of  16384 samples is performed every 50ms. The sliding window overlap is then given by:
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For each 50ms time frame, the maximum of the cross-correlation envelope is calculated to produce a time history of the delay.

The UE delay over time in the receive direction, TR-jitter(t), is obtained by subtracting the delay introduced by the test equipment 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).
Note 1: Prior to the actual measurements, the clock drift between UE and reference client should be compensated by adjusting the clock of the reference client to match the clock of the UE.
Editor’s note 1 : The delay profiles already include a simulation of the effects of the eNodeB scheduler in a semi-persistent scheduling scenario with DRX. Care must be taken that the system simulator uses a dedicated bearer with no buffering of packets for transmission. For system simulators incorporating SPS, profiles that simulate up to the eNodeB shall be used.
Editor’s note 2: It must be ensured that the reference client can support DTX enablement and the packet impairment operation works properly with the SID frames.

Editor’s note 3: It must be ensured that the packet generation by the reference client is free of jitter.
7.10.4.3
S
peech quality loss in error and jitter conditions
The objective speech quality of the signal at the DRP with diffuse-field equalization is calculated using the measurement algorithm described in ITU-T Recommendation P.863.

A score shall be computed for each 8s speech sentence pair and averaged to produce a MOS-LQO value per condition. 
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The measurement is repeated for the error free condition and each of the delay profiles in 26.131, clause TBD.

The delta between the MOS-LQO score in error free conditions and under the application of each test profile is calculated to produce the speech quality loss score.
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Note:
The purpose of this test is to provide a relative comparison of the speech quality under jitter and error conditions of LTE transmissions with HARQ and the speech quality in error and jitter free condition. This test is not to be construed as a method to evaluate the absolute objective speech quality of the device (for further study).

 Editor’s note: The requirements on the objective speech quality in jitter condition is considered to be compared against the objective speech quality in error and jitter free conditions and not based on absolute objective speech quality requirements. The applicability of ITU-T P.863 for this test is to be verified.  
Editor’s Note: At this time, it is unclear whether under packet loss jitter conditions the system simulator stays with a constant delay. A verification method based on the loopback test as described below might clarify this issue. Such a method ideally should be described and annexed in 26.132 or in a TR. In case such additional delay occurs for specific loss profiles, it has to be taken into account for the measurement with this profile. The italisized text below in [] could form the basis for such an annex or TR.
[If the delays of the test equipment in the respective send and receive directions are not available from the test equipment manufacturer, the sum of the UE delay in the send and receive direction in jitter conditions, TS  + TR-jitter(t), may be obtained as the sum of the UE delay in error and jitter free conditions (TUE-0) and the difference between the measured values of the delays between the electrical access point of the test equipment and the DRP for jitter conditions and jitter free conditions (TTEAP-DRP(t) –  TTEAP-DRP-0), based on the following identity:
TS + TR-jitter(t) = TS + (TR-jitter + TTER) – (TTER + TR) + TR = TS + TTEAP-DRP(t) - TTEAP-DRP-0 + TR 
= TUE-0 + TTEAP-DRP(t) - TTEAP-DRP-0
TUE-0: The sum of the UE delays in the sending and receiving direction for LTE access measured in error and jitter free conditions according to clause 7.10.0.
TTEAP-DRP-0: The delay between the electrical access point of the test equipment and the DRP measured in error and jitter free conditions.]
Editor’s note: This requiresIt is assumed that the (unknown) delay that is introduced by the test equipment in the measurement process is constant from in a call to call and is to be verified. All measurements (the reference measurement as well as the measurement using the different jitter and loss profiles) are conducted in one call.
Editor’s note: Before measurement parameters can be fixed, delay and loss profiles based on the LTE transmission model need to be agreed upon.
----------------------------------- END OF MODIFIED CLAUSES ------------------------------

----------------------------------- START OF MODIFIED CLAUSES ------------------------------
8.10
Delay

Editor’s note: Section 8.10 is to be harmonized with 7.10 once the text is agreed.
----------------------------------- END OF MODIFIED CLAUSES ------------------------------

�Point to P.863.1 to be revised in March. Prefer P.501 sentences


�Change this. Need to decide how to proceed. Create a TR, add this to 26.114 or as an Appendix to 26.131/132


�This needs review to reduce computation cost.


�Modify with the approach used in S4-AHQ076R1


�Should both DTX on / off be measured? A description of the setup for DTX on is needed.


�2 sentences are out of the 150 s profile so we should limit to 18
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