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*****  END OF CHANGED SECTION *****
*****  START OF 2-18 CHANGED SECTION *****
5.1
Test setup for terminals

The general access to terminals is described in Figure 1. The  preferred acoustic access to 3G terminals is the most realistic simulation of the “average” subscriber. This  can be  made by using HATS (head and torso simulator), with appropriate ear simulation and appropriate mountings for handset terminals in a realistic but reproducible, way to the HATS. . Hands-free terminals shall use the HATS or free field microphone techniques in a realistic but reproducible way. Headset measurement methods are for further study, awaiting input from ETSI TC-STQ.

HATS is described in ITU-T Recommendation P.58, appropriate ears are described in ITU-T Recommendation P.57  (type 3.3 and type 3.4 ear), a proper positioning of handsets in realistic conditions is found in ITU-T Recommendation P.64 , the test setups for various types of hands-free terminals can be found in ITU-T Recommendation P.581.


The preferred way of testing is the connection of a terminal to the system simulator with exact defined settings and access points. The test sequences are fed ineither, electrically using a reference codec or  using hedirect signal processing approach or acoustically using ITU-T specified devices. 

*****  END OF CHANGED SECTION *****
*****  START OF 3-18  CHANGED SECTION *****
5.1.1
Setup for handset terminals

HATS Method : When using a handset telephone the handset is placed in the HATS position as described in ITU-T Recommendation P.64 . The artificial mouth shall conform with P.58 when HATS is used. The artificial ear shall conform with Rec. P.57,  type 3.3 or type 3.4 ears shall be used.


*****  END OF CHANGED SECTION *****
*****  START OF 4-18 CHANGED SECTION *****
6.1.1
Handset and headset terminals

The environmental conditions for testing handset and headset UE is specified in §6.1.1 TS 26.132, as follows:

For handset and headset measurements the test room shall be practically free-field down to a lowest frequency of  275 Hz, the handset or the headset including the HATS shall lie totally within this free-field volume. This shall be met if deviations of the ideal free-field conditions are less than +/- 1 dB.  Qualification of the test room may be performed using the method described in either ISO 3745 Annex A, or ITU-T P. 340 §5.4.  

Alternatively, a test room may be used which meets the following two criteria: 

1. The relationship between the pressure at the mouth opening and that at 5,0, 7,5 and 10 cm in front of the centre of the lip ring is within ±0.5dB of that which exists in a known acoustic free-field.

2. The relationship between the pressure at the mouth opening and at the Ear canal Entrance Point (eep) at both the left and right ears of the hats does not differ by more than ±1dB from that which exists in a known free-field.

The ambient noise level shall be less than -30 dBPa(A), for idle channel noise measurements the ambient noise level shall be less than –64dBPa(A).

Echo measurements shall be conducted in realistic rooms with an ambient noise level less then -64 dBPa(A).

*****  END OF CHANGED SECTION *****
*****  START OF 5-18 CHANGED SECTION *****
7.2.2.1
Sending Loudness Rating (SLR) 

a)
The test signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall be stated in the test report. The spectrum of 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.

b)
The handset terminal is setup as described in subclause 5. The handset is mounted at the HATS position (see ITU-T Recommendation P.64). The application force used to apply the handset against the artificial ear shall be within the range specified in ITU-T Recommendation P.64.

The sending sensitivity shall be calculated from each band of the 14 frequencies given in table 1 of ITU‑T Recommendation P.79, bands 4 to 17. For the calculation the averaged measured level at the electrical reference point for each frequency band is referred to the averaged test signal level measured in each frequency band at the MRP.

c)
The sensitivity is expressed in terms of dBV/Pa and the SLR shall be calculated according to ITU‑T Recommendation P.79, formula (A-23b), over bands 4 to 17, using m = 0,175 and the sending weighting factors from ITU‑T Recommendation P.79, table 1.

*****  END OF CHANGED SECTION *****
*****  START OF 6-18 CHANGED SECTION *****
7.2.2.2
Receiving Loudness Rating (RLR) 

a)
The test signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall be stated in the test report. The test signal level shall be –16 dBm0, measured at the digital reference point or the equivalent analogue point. The test signal level is averaged over the complete test signal sequence.

b)
The handset terminal is setup as described in subclause 5. The handset is mounted at the HATS position (see ITU-T Recommendation P.64). The application force used to apply the handset against the artificial ear shall be within the range specified in ITU-T Recommendation P.64. The receiving sensitivity shall be calculated from each band of the 14 frequencies given in table 1 of ITU‑T Recommendation P.79, bands 4 to 17. For the calculation, the averaged measured level at each frequency band is referred to the averaged test signal level measured in each frequency band.

c)
The sensitivity is expressed in terms of dBPa/V and the RLR shall be calculated according to ITU‑T Recommendation P.79 [16], formula (A-23c), over bands 4 to 17, using m = 0,175 and the receiving weighting factors from table 1 of ITU‑T Recommendation P.79 [16].

d)
No leakage correction shall be applied.

*****  END OF CHANGED SECTION *****
*****  START OF 7-18 CHANGED SECTION *****
7.4.1
Handset  UE sending

a)
The test signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall be stated in the test report. The spectrum of 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.

b)
The handset terminal is setup as described in subclause 5. The handset is mounted at the HATS position (see ITU-T Recommendation P.64).  The application force used to apply the handset against the artificial ear shall be within the range specified in ITU-T Recommendation P.64.

Measurements shall be made at one twelfth-octave intervals as given by the R.40 series of preferred numbers in ISO 3 [17] for frequencies from 100 Hz to 4 kHz inclusive. For the calculation the averaged measured level at the electrical reference point for each frequency band is referred to the averaged test signal level measured in each frequency band at the MRP.

c)
The sensitivity is expressed in terms of dBV/Pa. 
*****  END OF SECOND CHANGED SECTION *****
*****  START OF 8-18 CHANGED SECTION *****
7.4.2
Handset  UE receiving

a)
The test signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall be stated in the test report. The test signal level shall be –16 dBm0, measured at the digital reference point or the equivalent analogue point. The test signal level is averaged over the complete test signal sequence.

b) The handset terminal is setup as described in subclause 5. The handset is mounted at the HATS position (see ITU-T Recommendation P.64). The application force used to apply the handset against the artificial ear shall be within the range specified in ITU-T Recommendation P.64. 

Measurements shall be made at one twelfth-octave intervals as given by the R.40 series of preferred numbers in ISO 3 [17] for frequencies from 100 Hz to 4 kHz inclusive. For the calculation the averaged measured level at each frequency band is referred to the averaged test signal level measured in each frequency band.

c)
The sensitivity is expressed in terms of dBPa/V, referred to the ERP. Information about correction factors are available in ITU-T Recommendation P.57.
*****  END OF CHANGED SECTION *****
*****  START OF 9-18 CHANGED SECTION *****
7.5.1
Connections with Handset UE

The test signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. 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.





*****  END OF CHANGED SECTION *****
*****  START OF 10-18 CHANGED SECTION *****
7.5.1.1   Connections with Handset UE – HATS method

The handset is mounted in the HATS position (see ITU-T Recommendation P.64) and the application force shall be 13N on the artificial ear 3.3 or 3.4. The handset terminal is setup as described in subclause 5.
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 one twelfth-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, 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 Rate (STMR) (in dB) shall be calculated from the formula 5-1 of ITU-T Recommendation P.79, using m = 0.225 and the weighting factors  in table 3 of ITU-T Recommendation P.79. 

*****  END OF CHANGED SECTION *****
*****  START OF 11-18 CHANGED SECTION *****
7.9
Ambient Noise Rejection

Handset and Headset UE:

Note: 
This section applies to terminals providing narrow- and wide-band telephony.  However, the procedure for measuring ambient noise rejection is defined only over narrow-band frequency range.  Thus the test method for ambient noise rejection is the same for either narrow- or wide-band telephony.

a)
A 1/2 inch pressure microphone is calibrated using a known sound source and mounted at the MRP, without the HATS present. A frequency analyser is calibrated to enable the sound pressure levels at the microphone to be determined in 1/3rd Octave bands.

b)
Flood the room in which the measurement is to be made with a band limited (100 Hz to 8 kHz) pink noise to within ±3 dB.  The level at MRP shall be adjusted to 70 dB(A) (-24 dBPa(A)). The tolerance on this level is +/-1 dB. The resulting sound spectrum is Prn dBPa, measured in 1/3rd Octave bands.


To ensure that the sound field is diffuse enough, the following apply:


The diffuse sound field is calibrated in the absence of any local obstacles. The averaged field shall be uniform to within +/‑ 3 dB within a radius of 0,15 m of the MRP, when measured in one‑third octave bands from 100 Hz to 3,15 kHz.

NOTE 1:
The pressure intensity index, as defined in ISO 9614, may prove to be a suitable method for assessing the diffuse field.

NOTE 2:
Where more than one loudspeaker is used to produce the desired sound field, the loudspeakers must be fed with non‑coherent electrical signals to eliminate standing waves and other interference effects.

c)
Position the HATS test head in the correct relative position to the MRP and mount the MS under test, according to clause 5.1.1. Recalibrate the 1/3rd Octave frequency analyser using a known voltage source to facilitate the analysis of the voltage Vrn, where Vrn is the voltage at the audio output of the SS due to the noise spectrum input.

d)
Set up a speech path between the MS and the System Simulator (SS).

e)
Determine, as a function of frequency, using the frequency analyser, in 1/3rd Octave bands (index j), the electrical output Vjrn, (expressed as dB rel . 1V) at the audio output of the SS for the applied acoustic pressure Pjrn (expressed as dB rel 1Pa) at the MRP. Since, the MS sending sensitivity is not defined above 3,4 kHz the measurement shall be cut off at 3,4 kHz. For the bands below 315 Hz, the noise level shall be referenced to the speech level at 315 Hz to yield the DELSM.


The room noise sensitivity is expressed as:‑

Sm jrn= Vjrn (dBV) ‑ Pjrn (dBPa).


The MS ambient noise send sensitivity has now been determined.

f)
The MS speech send sensitivity is now required. The required sensitivity is defined as the electrical output from the MS, measured at the audio output of the SS, as a function of the free field sound pressure at the MRP of the artificial mouth.


The test signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation P.50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall be stated in the test report. The 1/2 inch pressure microphone is calibrated using a known sound source. The frequency analyser is calibrated to measure in 1/3rd Octave bands. The spectrum of 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 resulting sound spectrum is Po dBPa, measured in 1/3rd Octave bands. The 1/3rd Octave frequency analyser should be re‑calibrated, using a known voltage source, to facilitate the analysis of the voltage Vj.Where Vj is the voltage in each 1/3rd octave band at the audio output of the SS due to the test signal input. Set up a speech path between the MS and the SS. Determine the function of frequency, using the frequency analyser, and in 1/3rd Octave bands, the electrical output, Vj, (expressed as dB rel. 1V), at the audio output of the SS for the applied acoustic pressure, Pj0, (expressed as dB rel. 1Pa/V), at the MRP.


The speech sending sensitivity is expressed as:


Smjs (dB) = Vj (dBV) ‑ Pjo (dBPa) dBrel. 1V/Pa.

g)
The difference of the room noise sensitivity and the speech sending sensitivity DELSM (jSM) in each 1/3rd Octave band for the MS is determined as:


Smjrn - Smjs (dB)   ( for j = 1 to 2,  Smjs = Sm3s).

h)
The Ambient noise rejection ANR is calculated as the single figure value according to the following formula, the ANR shall be ( 0dB.
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    j 
= The index of third octave bands centered at frequencies from 200 Hz to 3 150 Hz inclusive.


Wjsi
= The sending weighting factors from ITU-T Recommendation P.79 [16], table 1 for the jth 1/3rd Octave band centre frequency.

Hands-free UE (all categories):
No test method for hands-free operations.

*****  END OF CHANGED SECTION *****
*****  START OF 12-18 CHANGED SECTION *****
8.2.2.1
Sending Loudness Rating (SLR) 

a)
The test signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall be stated in the test report. The spectrum of 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.

b)
The handset terminal is setup as described in subclause 5. The handset is mounted at the HATS position (see ITU-T Recommendation P.64). The application force used to apply the handset against the artificial ear shall be within the range specified in ITU-T Recommendation P.64.

The sending sensitivity shall be calculated from each band of the 20 frequencies given in table G.1 of ITU‑T Recommendation P.79 Annex G, bands 1 to 20. For the calculation the averaged measured level at the electrical reference point for each frequency band is referred to the averaged test signal level measured in each frequency band at the MRP.

c)
The sensitivity is expressed in terms of dBV/Pa and the SLR shall be calculated according to ITU‑T Recommendation P.79, formula (A-23b), over bands 1 to 20, using m = 0,175 and the sending weighting factors 

from ITU‑T Recommendation P.79 Annex G, table G.1.

*****  END OF SECOND CHANGED SECTION *****
*****  START OF 13-18 CHANGED SECTION *****
8.2.2.2
Receiving Loudness Rating (RLR) 

a)
The test signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall be stated in the test report. The test signal level shall be –16 dBm0, measured at the digital reference point or the equivalent analogue point. The test signal level is averaged over the complete test signal sequence.

b)
The handset terminal is setup as described in subclause 5. The handset is mounted at the HATS position (see ITU-T Recommendation P.64). The application force used to apply the handset against the artificial ear shall be within the range specified in ITU-T Recommendation P.64. The receiving sensitivity shall be calculated from each band of the 20 frequencies given in table G.1 of ITU‑T Recommendation P.79 Annex G, bands 1 to 20. For the calculation, the averaged measured level at each frequency band is referred to the averaged test signal level measured in each frequency band.

c)
The sensitivity is expressed in terms of dBPa/V and the RLR shall be calculated according to ITU‑T Recommendation P.79 [16], formula (A-23c), over bands 1 to 20, using m = 0,175 and the receiving weighting factors from table G.1 of ITU‑T Recommendation P.79 Annex G [16].

d)
No leakage correction shall be applied.

c)
The sensitivity is expressed in terms of dBV/Pa and the SLR shall be calculated according to ITU‑T Recommendation P.79, formula (A-23b), over bands 1 to 20, using m = 0,175 and the sending weighting factors from ITU‑T Recommendation P.79 Annex G, table G.1.

*****  END OF CHANGED SECTION *****
*****  START OF 14-18 CHANGED SECTION *****
8.4.1
Handset  UE sending

a)
The test signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall be stated in the test report. The spectrum of 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.

b)
The handset terminal is setup as described in subclause 5. The handset is mounted at the HATS position (see ITU-T Recommendation P.64).  The application force used to apply the handset against the artificial ear shall be within the range specified in ITU-T Recommendation P.64.

Measurements shall be made at one twelfth-octave intervals as given by the R.40 series of preferred numbers in ISO 3 [17] for frequencies from 100 Hz to 8 kHz inclusive. For the calculation the averaged measured level at the electrical reference point for each frequency band is referred to the averaged test signal level measured in each frequency band at the MRP.

c)
The sensitivity is expressed in terms of dBV/Pa. 

*****  END OF CHANGED SECTION *****
*****  START OF 15-18 CHANGED SECTION *****
8.4.2
Handset  UE receiving

a)
The test signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall be stated in the test report. The test signal level shall be –16 dBm0, measured at the digital reference point or the equivalent analogue point. The test signal level is averaged over the complete test signal sequence.

b)
The handset terminal is setup as described in subclause 5. The handset is mounted at the HATS position (see ITU-T Recommendation P.64). The application force used to apply the handset against the artificial ear shall be within the range specified in ITU-T Recommendation P.64. 

Measurements shall be made at one twelfth-octave intervals as given by the R.40 series of preferred numbers in ISO 3 [17] for frequencies from 100 Hz to 8 kHz inclusive. For the calculation the averaged measured level at each frequency band is referred to the averaged test signal level measured in each frequency band.

c)
The sensitivity is expressed in terms of dBPa/V, referred to the ERP. Information about correction factors are available in ITU-T Recommendation P.57.

*****  END OF CHANGED SECTION *****
*****  START OF 16-18 CHANGED SECTION *****
8.5.1
Connections with Handset UE

The test signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. 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.





*****  END OF CHANGED SECTION *****
*****  START OF 17-18 CHANGED SECTION *****
8.5.1.1   Connections with Handset UE – HATS method

The handset is mounted in the HATS position (see ITU-T Recommendation P.64) and the application force shall be 13N on the artificial ear 3.3 or 3.4. The handset terminal is setup as described in subclause 5.
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 one twelfth-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, table 4, bands 1 to 20) 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 Rate (STMR) (in dB) shall be calculated from the formula 5-1 of ITU-T Recommendation P.79, using m = 0.225 and the weighting factors  in table 3 of ITU-T Recommendation P.79. 
*****  END OF CHANGED SECTION *****
*****  START OF 18-18 CHANGED SECTION *****
8.9
Ambient Noise Rejection

Handset and Headset UE:

Note: 
This section applies to terminals providing narrow- and wide-band telephony.  However, the procedure for measuring ambient noise rejection is defined only over narrow-band frequency range.  Thus the test method for ambient noise rejection is the same for either narrow- or wide-band telephony.

a)
A 1/2 inch pressure microphone is calibrated using a known sound source and mounted at the MRP, without the HATS present. A frequency analyser is calibrated to enable the sound pressure levels at the microphone to be determined in 1/3rd Octave bands.

b)
Flood the room in which the measurement is to be made with a band limited (100 Hz to 8 kHz) pink noise to within ±3 dB.  The level at MRP shall be adjusted to 70 dB(A) (-24 dBPa(A)). The tolerance on this level is +/-1 dB. The resulting sound spectrum is Prn dBPa, measured in 1/3rd Octave bands. To ensure that the sound field is diffuse enough, the following apply: the diffuse sound field is calibrated in the absence of any local obstacles. The averaged field shall be uniform to within +/‑ 3 dB within a radius of 0,15 m of the MRP, when measured in one‑third octave bands from 100 Hz to 6,3 kHz.

NOTE 1:
The pressure intensity index, as defined in ISO 9614, may prove to be a suitable method for assessing the diffuse field.

NOTE 2:
Where more than one loudspeaker is used to produce the desired sound field, the loudspeakers must be fed with non‑coherent electrical signals to eliminate standing waves and other interference effects.

c)
Position the HATS test head in the correct relative position to the MRP and mount the MS under test, according to clause 5.1.1. Recalibrate the 1/3rd Octave frequency analyser using a known voltage source to facilitate the analysis of the voltage Vrn, where Vrn is the voltage at the audio output of the SS due to the noise spectrum input.

d)
Set up a speech path between the MS and the System Simulator (SS).

e)
Determine, as a function of frequency, using the frequency analyser, in 1/3rd Octave bands (index j), the electrical output Vjrn, (expressed as dB rel . 1V) at the audio output of the SS for the applied acoustic pressure Pjrn (expressed as dB rel 1Pa) at the MRP. Since, the MS sending sensitivity is not defined above 6,3 kHz the measurement shall be cut off at 6,3 kHz. For the bands below 315 Hz, the noise level shall be referenced to the speech level at 315 Hz to yield the DELSM. The room noise sensitivity is expressed as:

Sm jrn= Vjrn (dBV) ‑ Pjrn (dBPa). The MS ambient noise send sensitivity has now been determined.

f)
The MS speech send sensitivity is now required. The required sensitivity is defined as the electrical output from the MS, measured at the audio output of the SS, as a function of the free field sound pressure at the MRP of the artificial mouth. The test signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation P.50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall be stated in the test report. The 1/2 inch pressure microphone is calibrated using a known sound source. The frequency analyser is calibrated to measure in 1/3rd Octave bands. The spectrum of 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 resulting sound spectrum is Po dBPa, measured in 1/3rd Octave bands. The 1/3rd Octave frequency analyser should be re‑calibrated, using a known voltage source, to facilitate the analysis of the voltage Vj.Where Vj is the voltage in each 1/3rd octave band at the audio output of the SS due to the test signal input. Set up a speech path between the MS and the SS. Determine the function of frequency, using the frequency analyser, and in 1/3rd Octave bands, the electrical output, Vj, (expressed as dB rel. 1V), at the audio output of the SS for the applied acoustic pressure, Pj0, (expressed as dB rel. 1Pa/V), at the MRP. The speech sending sensitivity is expressed as:


Smjs (dB) = Vj (dBV) ‑ Pjo (dBPa) dBrel. 1V/Pa.

g)
The difference of the room noise sensitivity and the speech sending sensitivity DELSM (jSM) in each 1/3rd Octave band for the MS is determined as:


Smjrn - Smjs (dB)   ( for j = 1 to 2,  Smjs = Sm3s).

h)
The Ambient noise rejection ANR is calculated as the single figure value according to the following formula, the ANR shall be ( 0dB.
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j 
= The index of third octave bands centered at frequencies from 200 Hz to 6 300 Hz inclusive.


Wjsi
= The sending weighting factors from ITU-T Recommendation P.79 Annex G [16], table G.1 for the jth 1/3rd Octave band centre frequency.

Hands-free UE (all categories):

No test method for hands-free operations.

*****  END OF CHANGED SECTION *****
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