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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) 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.
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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

The UE delay in the sending direction, TS, shall be measured in jitter and error free conditions according to clause 7.10.0.

In the receive 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 arrivial time jitter in the system simulator, using a short-term cross-correlation analysis. 
Editor’s note: The jitter statistics and the method of inclusion of the jitter are to be defined. The implementation of the short-term cross-correlation is to be defined. It is expected that a window of at least 65536 samples in a 48 kHz sampling rate system is needed to account for the delay in the downlink in the presence of jitter. The amount of overlap in the sliding window as well as the shape of the window is tbd.  The maximum of the envelope of each cross-correlation may be used to determine the delay versus time. Delay measurement methods based on cross-correlation seem to be sufficient for the purposes of the test scenarios being considered. 
The UE delay 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 measuered TTEAP-DRP(t).

The objective speech quality of the signal at the DRP is measured using the measurement algorithm ITU-T Recommendation P.863 with a speech signal conforming to the guidance in ITU-T Recommendation P.863.1.

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: It is assumed that the (unknown) delay that is introduced by the test equipment in the measurement process is constant in a call. 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 ------------------------------
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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 ------------------------------

