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**************** BEGINNING OF MODIFIED CLAUSE *****************
4.5 Test method for delay and speech quality

4.5.1 Delay in sending + receiving direction using “echo” method
The UE delay in loopback mode is obtained by measuring the delay between the output electrical interface of the test equipment (point A in figure below) and the input electrical interface of the test equipment (point B in figure below) and subtracting the delays introduced by the test equipment from the measured value.
NOTE: The headset interface circuit depicted assumes the UE includes an analog audio interface. For UEs providing a digital audio interface only, the test should be conducted with a digital to analog and/or analog to digital converters provided by the UE vendor.
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Figure [X]: Different entities when measuring the delay in echo method
The delay measured from A to B is (TS + TR+ 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 (i.e. the delay from point S to point R in the figure above).

TS: The UE delay in the sending direction (i.e. the delay from point A to point S in the figure above).

TR: The UE delay in the receiving direction (i.e. the delay from point R to point B in the figure above).

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 -60dBV at the Output Electrical Interface of the test equipment.

2. The system simulator is configured for “loopback” or “echo” operation with the additional loopback delay as specified below when applicable. 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 UE is in correspondence to clause 4.1
4. The TS+TR+TSS delay is determined by cross-correlation analysis between the measured signal at the input electrical interface of the test equipment 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 possible coupling at the electrical headset connector and delayed sidetone signal. The measurement is corrected by subtracting the system simulator delay TSS to obtain the TS + TR delay.

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

6. To account for the possible effect of packet arrival time variations, the measurement is performed [50] times and the average and 95% confidence interval are reported.

For MTSI-based speech with LTE access, a variability of the UE delay with up to 20ms in the respective sending and receiving direction may be expected due to the synchronization of the speech frame processing in the UE to the bits of the speech frame on the UE antenna. This synchronization is attributed to the UE delay according to the definition of the UE delay reference points. Hence, the UE delay shall be reported as the maximum value from at least 5 separate calls each with a different loopback delay TSS in at least 5 steps of 4ms in the full range from 0 to 16ms. All values shall be reported in the test report. [Editor’s note: This procedure may be needed only for perfect channel conditions. In the presence of jitter, different synchronizations between the speech frame on the UE antenna and the speech frame processing in the UE are exercised.]
4.5.2 Speech quality loss in sending direction

For the evaluation of speech quality loss under a given test condition, a single speech sentence pair from ITU-T P.501 [Annex B.3.3] should be used [Editor’s note: specify which sentence]. Two recordings are used to produce the speech quality loss metric:

· A recording obtained in jitter and error free conditions (reference condition)

· A recording obtained for the test condition of interest  (test condition)
The speech quality of the signal at the output of the speech decoder of the system simulator is estimated using the measurement algorithm described in [Ref.] ITU-T Recommendation P.863.

The measurement must be repeated [TBD] times. The first measurement is discarded for convergence of the JBM. A score shall be computed for each 8s speech sentence pair and averaged to produce a mean MOS-LQO value for both the reference and test conditions.
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The speech quality loss ΔMOS-LQOSND, is determined from:

ΔMOS-LQOSND = MOS-LQOREF - MOS-LQOTEST
4.5.3 Speech quality loss in receiving direction
For the evaluation of speech quality loss under a given test condition, a single speech sentence pair from ITU-T P.501 [Annex B.3.3] should be used[(Editor’s note: specify which sentence]. Two recordings are used to produce the speech quality loss metric:

· A recording obtained in jitter and error free conditions (reference condition)

· A recording obtained for the test condition of interest  (test condition)
The speech quality of the signal at the input electrical interface of the test equipment is estimated using the measurement algorithm described in [Ref.] ITU-T Recommendation P.863.

The measurement must be repeated [TBD] times. The first measurement is discarded for convergence of the JBM. A score shall be computed for each 8s speech sentence pair and averaged to produce a mean MOS-LQO value for both the reference and test conditions.
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The speech quality loss ΔMOS-LQORCV, is determined from:

ΔMOS-LQORCV = MOS-LQOREF - MOS-LQOTEST
**************** END OF MODIFIED CLAUSE *****************
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