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Modified Clause

-------------------------------------START OF MODIFIED CLAUSE---------------------------------
5.1.5
Setup for HATS for background noise simulation

(t.b.d)
-------------------------------------END OF MODIFIED CLAUSE---------------------------------
-------------------------------------START OF MODIFIED CLAUSE---------------------------------
7.5
Sidetone characteristics

7.5.1
Connections with handset UE

The test signal to be used for normative measurements shall be the artificial voice according to ITU-T Recommendation P.50 [10]. Alternatively, a speech-like test signal as described in ITU-T Recommendation P.501 may be used. The type of test signal used shall be stated in the test report. The spectrum of the acoustic signal produced by the artificial mouth is calibrated under free-field conditions at the MRP. The test signal level shall be –4,7 dBPa measured at the MRP. The test signal level is averaged over the complete test signal sequence.

7.5.1.1 void

7.5.1.2 Connections with handset UE – HATS method

The handset UE is setup as described in clause 5. The application force shall be 13 N on the Type 3.3 artificial ear.

Where a user-operated volume control is provided, the measurements shall be carried out at the nominal setting of the volume control. In addition, the measurement is repeated at the maximum volume control setting.

Measurements shall be made at 1/12-octave intervals as given by the R.40 series of preferred numbers in ISO 3 for frequencies from 100 Hz to 8 kHz inclusive. For the calculation, the averaged measured level at each frequency band (ITU-T Recommendation P.79 [16], table 4, bands 4 to 17) is referred to the averaged test signal level measured in each frequency band.

The sidetone path loss (LmeST), as expressed in dB, and the Sidetone Masking Rating (STMR), expressed in dB, shall be calculated from formula 5-1 of ITU-T Recommendation P.79 [16], using m = 0.225 and the weighting factors in table B.2 (unsealed condition) of ITU-T Recommendation P.79 [16]. No leakage correction (LE) shall be applied. DRP-ERP correction is used.

7.5.2
Headset UE

The test signal to be used for normative measurements shall be the artificial voice according to ITU-T Recommendation P. 50 [10]. Alternatively, a speech-like test signal as described in ITU-T Recommendation P.501 may be used. The type of test signal used shall be stated in the test report. The spectrum of the acoustic signal produced by the artificial mouth is calibrated under free-field conditions at the MRP. The test signal level shall be –4,7 dBPa measured at the MRP. The test signal level is averaged over the complete test signal sequence.

Measurements shall be made at 1/12-octave intervals as given by the R.10 series of preferred numbers in ISO 3 for frequencies from 100 Hz to 8 kHz inclusive. For the calculation, the averaged measured level at each frequency band (ITU-T Recommendation P.79 [16], table 4, bands 4 to 17) is referred to the averaged test signal level measured in each frequency band.

The sidetone path loss (LmeST), as expressed in dB, shall be calculated from each band of the 14 frequencies given in table 1 of ITU-T Recommendation P.79 [16], bands 4 to 17. The STMR (in dB) shall be calculated from formula B-4 of ITU-T Recommendation P.79 [16], using m = 0.225 and the weighting factors in table B.2 (unsealed condition) of ITU-T Recommendation P.79 [16]. No leakage correction (LE) shall be applied. DRP-ERP correction is used.

7.5.3
Hands-free UE (all categories)

No requirement other than echo control.

7.5.4
Sidetone delay for handset or headset

The handset or headset terminal is setup as described in clause 5.

The test signal is a CS-signal complying with ITU-T Recommendation P.501 using a PN-sequence with a length, T, of 4 096 points (for a 48 kHz sample rate test system). The duration of the complete test signal is as specified in ITU-T Recommendation P.501. The level of the signal shall be ‑4,7 dBPa at the MRP.
The cross-correlation function (xy(() between the input signal Sx(t) generated by the test system in send direction and the output signal Sy(t) measured at the artificial ear is calculated in the time domain:
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The measurement window, T, shall be identical to the test signal period, T, with the measurement window synchronized to the PN-sequence of the test signal.

The sidetone delay is calculated from the envelope E(() of the cross-correlation function (xy((). The first maximum of the envelope function occurs in correspondence with the direct sound produced by the artificial mouth; the second one occurs with a possible delayed sidetone signal. The difference between the two maxima corresponds to the sidetone delay. The envelope E(() is calculated by the Hilbert transformation H {xy(()} of the cross-correlation:
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It is assumed that the measured sidetone delay is less than T/2.
-------------------------------------END OF MODIFIED CLAUSE---------------------------------
-------------------------------------START OF MODIFIED CLAUSE---------------------------------

7.10
Delay

7.10.1
Delay in sending direction (Handset UE)

The handset terminal is setup as described in clause 5.1.1.

The delay shall include all entities in sending direction from MRP to the POI within the handset, but shall exclude the delays introduced by the test equipment. 
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Figure 17b1: Different entities contributing to the delay in sending direction

The delay in sending direction, measured from MRP to POI, is T s + TTES. 

All test equipment delays, for the used network type, codec type and bitrate according to clause 5, (including radio access, speech codec, A/D and D/A conversions etc.) are included in TTES. The values used for testing (typical value considering variations due to interleaving etc.) as declared by the test equipment manufacturers shall be reported along with the measurement results. 

1.
For the measurements, a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [12] 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 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 TTES.

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

7.10.1a
Delay in sending direction (headset UE)

The delay shall include all entities in sending direction from MRP to the POI within the handset and a connected headset, but shall exclude the delays introduced by the test equipment.

Note1: 
The overall delay shall be measured (i.e. including the handset influence). 
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 Figure 17b2: Different entities contributing to the delay in sending direction with a headset connected via cable

Note2:
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 (subclause 7.10.1).

7.10.2
Delay in receiving direction (handset UE)

The handset terminal is setup as described in clause 5.

The delay shall include all entities in receiving direction from the POI to the DRP within the handset, but shall exclude the delays introduced by the test equipment.
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Figure 17b3: Different entities contributing to the delay in receiving direction

The delay in receiving direction, measured from POI to DRP, is T r + TTER. 

All test equipment delays, for the used network type, codec type and bitrate according to clause 5, (including radio access, speech codec, A/D and D/A conversions etc.) are included in TTER. The values used for testing (typical value considering variations due to interleaving etc.) as declared by the test equipment manufacturers shall be reported along with the measurement results.

1.
For the measurements a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [12] 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 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 function is used for the determination.

7.10.2a
Delay in receiving direction (headset UE)

The delay shall include all entities in receiving direction from the POI to the DRP within the handset and a connected headset, but shall exclude the delays introduced by the test equipment.

Note1: 
The overall delay shall be measured (i.e. including the handset influence). 
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 Figure 17b4: Different entities contributing to the delay in receiving direction with a headset connected via cable

Note2:
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 (subclause 7.10.2).

7.y
Sending path [characteristics/performance] in the presence of ambient noise
 (t.b.d)

EDITOR’S NOTE: Heading to be decided to reflect the interpretation of the test method scope.
-------------------------------------END OF MODIFIED CLAUSE---------------------------------

-------------------------------------START OF MODIFIED CLAUSE---------------------------------
8.10
Delay

8.10.1
Delay in sending direction (handset UE)

The handset terminal is setup as described in clause 5.1.1.

The delay shall include all entities in sending direction from MRP to the POI within the handset, but shall exclude the delays introduced by the test equipment. 
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Figure 19b1: Different entities contributing to the delay in sending direction

The delay in sending direction, measured from MRP to POI, is T s + TTES. 

All test equipment delays, for the used network type, codec type and bitrate according to clause 5, (including radio access, speech codec, A/D and D/A conversions etc.) are included in TTES. The values used for testing (typical value considering variations due to interleaving etc.) as declared by the test equipment manufacturers shall be reported along with the measurement results. 

1.
For the measurements, a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [12] 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 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 TTES.

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

8.10.1a
Delay in sending direction (headset UE)

The delay shall include all entities in sending direction from MRP to the POI within the handset and a connected headset, but shall exclude the delays introduced by the test equipment.

Note1: 
The overall delay shall be measured (i.e. including the handset influence). 
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 Figure 19b2: Different entities contributing to the delay in sending direction with a headset connected via cable

Note2:
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 (subclause 8.10.1).

8.10.2
Delay in receiving direction (handset UE)

The handset terminal is setup as described in clause 5.

The delay shall include all entities in receiving direction from the POI to the DRP within the handset, but shall exclude the delays introduced by the test equipment.
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Figure 19b3: Different entities contributing to the delay in receiving direction

The delay in receiving direction, measured from POI to DRP, is T r + TTER. 

All test equipment delays, for the used network type, codec type and bitrate according to clause 5, (including radio access, speech codec, A/D and D/A conversions etc.) are included in TTER. The values used for testing (typical value considering variations due to interleaving etc.) as declared by the test equipment manufacturers shall be reported along with the measurement results.

1.
For the measurements, a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [12] 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 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 function is used for the determination.

8.10.2a
Delay in receiving direction (headset UE)

The delay shall include all entities in receiving direction from the POI to the DRP within the handset and a connected headset, but shall exclude the delays introduced by the test equipment.

Note1: 
The overall delay shall be measured (i.e. including the handset influence). 
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 Figure 19b4: Different entities contributing to the delay in receiving direction with a headset connected via cable

Note2:
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 (subclause 8.10.2).

8.y 
Sending path [characteristics/performance] in the presence of ambient noise
EDITOR’S NOTE: Heading to be decided to reflect the interpretation of the test method scope.

 (t.b.d)

-------------------------------------END OF MODIFIED CLAUSE---------------------------------
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