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[27]
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[28]
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[29]
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[30]
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[34]
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ETSI EG 202 396-1, "Speech quality performance in the presence of background noise; Part 1: Background noise simulation technique and background noise database"

[36]
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[38]
IEC 61672: “Electroacoustics – sound level meters - part 1: specifications”
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-------------------------------------START OF MODIFIED CLAUSE--------------------------------
5.1.5
Test setup for quality in the presence of ambient noise measurements

The setup for simulating realistic ambient noises and the positioning of the HATS in a lab-type environment is described in ETSI EG 202 396-1 [35].

ETSI EG 202 396-1 [35] contains a description of the recording arrangement for realistic ambient noises, a description of the setup for a loudspeaker arrangement suitable to simulate an ambient noise field in a lab-type environment and a database of realistic ambient noises, part of which is used for testing the terminal performance with a variety of conditions.

The equalization and calibration procedure for the test setup are given in detail in ETSI EG 202 396-1 [35].
-------------------------------------END OF MODIFIED CLAUSE---------------------------------
-------------------------------------START OF MODIFIED CLAUSE--------------------------------
5.4
Test signals

Unless stated otherwise, appropriate test signals for GSM/3G acoustic tests are generally described and defined in ITU-T Recommendation P.501[22]. 

More information can be found in the test procedures described below.

For testing the narrowband telephony service provided by the UE, the test signal used shall be band limited between 100 Hz and 4 kHz with a bandpass filter providing a minimum of 24 dB/oct. filter roll-off, when feeding into the receiving direction.

For testing the wideband telephony service provided by the UE, the test signal used shall be band limited between 100 Hz and 8 kHz with a bandpass filter providing a minimum of 24 dB/oct. filter roll-off, when feeding into the receiving direction.

The test signal levels are referred to the average level of the (band limited in receiving direction) test signal, averaged over the complete test sequence, unless specified otherwise. For real speech, the test signal levels are referred to the ITU-T P.56 [37] active speech level of the (band limited in receiving direction) test signal, calculated over the complete test sequence.
-------------------------------------END OF MODIFIED CLAUSE---------------------------------
-------------------------------------START OF MODIFIED CLAUSE---------------------------------
7.2
Overall loss/loudness ratings

7.2.1
General

The SLR and RLR values for GSM or 3G networks apply up to the POI. However, the main determining factors are the characteristics of the UE, including the analogue to digital conversion (ADC) and digital to analogue conversion (DAC). In practice, it is convenient to specify loudness ratings to the Air Interface. For the normal case, where the GSM or 3G network introduce no additional loss between the Air Interface and the POI, the loudness ratings to the PSTN boundary (POI) will be the same as the loudness ratings measured at the Air Interface.

7.2.2
Connections with handset UE

7.2.2.1
Sending loudness rating (SLR)
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated
 over the complete test signal sequence.

b)
The handset terminal is setup as described in clause 5. The sending sensitivity 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. 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 [16], formula (A-23b), over bands 4 to 17, using m = 0,175 and the sending weighting factors from ITU‑T Recommendation P.79 [16], table 1.

7.2.2.2
Receiving loudness rating (RLR)
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22].  The test signal level shall be -16 dBm0 measured at the digital reference point or the equivalent analogue point. The test signal level is calculated
 over the complete test signal sequence.

b)
The handset terminal is setup as described in clause 5. The receiving sensitivity 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. 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)
DRP-ERP correction is used. No leakage correction shall be applied.

7.2.3
Connections with desktop and vehicle-mounted hands-free UE
Vehicle-mounted hands-free UE should be tested within the vehicle (for totally integrated vehicle hands-free systems) or in a vehicle simulator, as described in 3GPP TS 03.58 [11].

Free-field measurements for vehicle-mounted hands-free are for further study.

7.2.3.1
Sending loudness rating (SLR)
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated
 over the complete test signal sequence. The broadband signal level is then adjusted to –28,7 dBPa at the HFRP or the HATS HFRP (as defined in ITU-Recommendation P.581) and the spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as references to determine the sending sensitivity SmJ.
b)
The hands-free terminal is setup as described in clause 5. The sending sensitivity 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. 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 [16], formula  (A-23b), over bands 4 to 17, using m = 0,175 and the sending weighting factors from ITU‑T Recommendation P.79 [16], table 1.

7.2.3.2
Receiving Loudness Rating (RLR) 

a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBm0 measured at the digital reference point or the equivalent analogue point. The test signal level is calculated 
over the complete test signal sequence.

b)
The hands-free terminal is setup as described in clause 5. If a HATS is used, then it is free-field equalized as described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-octave frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations or measurements. The receiving sensitivity 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. 

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. The hands-free correction, as described in ITU‑T Recommendation P.340 shall be applied. To compute the receiving loudness rating (RLR) for a hands-free terminal (see also ITU-T Recommendation P.340), when using the combination of left and right artificial ear signals from the HATS, the HFLE has to be 8 dB instead of 14 dB. For further information see ITU-T Recommendation P.581.

7.2.4
Connections with hand-held hands-free UE
7.2.4.1
Sending loudness rating (SLR)
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated 
over the complete test signal sequence. The broadband signal level is then adjusted to –28,7 dBPa at the HFRP or the HATS HFRP (as defined in ITU-T Recommendation P.581) and the spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as references to determine the sending sensitivity SmJ.
b)
The hands-free terminal is setup as described in clause 5. The sending sensitivity 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. 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 [16], formula (A-23b), over bands 4 to 17, using m = 0,175 and the sending weighting factors from ITU‑T Recommendation P.79 [16], table 1.

7.2.4.2
Receiving loudness rating (RLR)
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBm0 measured at the digital reference point or the equivalent analogue point. The test signal level is calculated 
over the complete test signal sequence.

b)
The hands-free terminal is setup as described in clause 5. If a HATS is used, then it is free-field equalized as described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-octave frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations or measurements. The receiving sensitivity 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. 

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. The hands-free correction as described in ITU‑T Recommendation P.340 shall be applied. To compute the receiving loudness rating (RLR) for hands-free terminals (see also ITU-T Recommendation P.340), when using the combination of left and right artificial ear signals from the HATS, the HFLE has to be 8 dB instead of 14 dB. For further information see ITU-T Recommendation P.581.
-------------------------------------END OF MODIFIED CLAUSE---------------------------------
-------------------------------------START OF MODIFIED CLAUSE---------------------------------
7.4
Sensitivity/frequency characteristics

7.4.1
Handset and headset UE sending
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated 
over the complete test signal sequence.

b)
The handset terminal is setup as described in clause 5. 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 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.

7.4.2
Handset and headset UE receiving
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBm0 measured at the digital reference point or the equivalent analogue point. The test signal level is calculated over the complete test signal sequence.

b)
The handset terminal is setup as described in clause 5. 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 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 HATS is diffuse-field equalized. The sensitivity is expressed in terms of dBPa/V. Information about correction factors is available in ITU-T Recommendation P.57 [14].

Optionally, the measurements may be repeated with a 2 N and 13 N application force. For these test cases no normative values apply.

7.4.3
Desktop and vehicle-mounted hands-free UE sending
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated 
over the complete test signal sequence. The broadband signal level is then adjusted to –28,7 dBPa at the HFRP or the HATS HFRP (as defined in ITU-T Recommendation P.581) and the spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as references to determine the sending sensitivity SmJ.
b)
The hands-free terminal is setup as described in clause 5. Measurements shall be made at 1/3-octave intervals as given by the R.40 series of preferred numbers in ISO 3 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 dBV/Pa.

7.4.4
Desktop and vehicle-mounted hands-free UE receiving
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBm0 measured at the digital reference point or the equivalent analogue point. The test signal level is calculated 
over the complete test signal sequence.

b)
The hands-free terminal is setup as described in clause 5. If a HATS is used, then it is free-field equalized as described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-octave frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations or measurements. Measurements shall be made at 1/3-octave intervals as given by the R.40 series of preferred numbers in ISO 3 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.

7.4.5
Hand-held hands-free UE sending
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated 
over the complete test signal sequence. The broadband signal level then is adjusted to –28,7 dBPa at the HFRP or the HATS HFRP (as defined in ITU-T Recommendation P.581) and the spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as reference to determine the sending sensitivity SmJ.
b)
The hands-free terminal is setup as described in clause 5. Measurements shall be made at 1/3-octave intervals as given by the R.40 series of preferred numbers in ISO 3 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 dBV/Pa.

7.4.6
Hand-held hands-free UE receiving
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. The test signal level shall be -16 dBm0 measured at the digital reference point or the equivalent analogue point. The test signal level is calculated 
over the complete test signal sequence.

b)
The hands-free terminal is setup as described in clause 5. If a HATS is used, then it is free-field equalized as described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-octave band frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations or measurements. Measurements shall be made at 1/3-octave intervals as given by the R.40 series of preferred numbers in ISO 3 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.
-------------------------------------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 the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated 
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 the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated 
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---------------------------------
7.6
Stability loss

Where a user-controlled volume control is provided it is set to maximum.

Handset UE: The handset is placed on a hard plane surface with the earpiece facing the surface.

Headset UE:  The requirement applies for the closest possible position between microphone and headset receiver within the intended wearing position.
NOTE:
Depending on the type of headset it may be necessary to repeat the measurement in different positions.
Hands-free UE (all categories): No requirement other than echo loss.

Before the actual test a training sequence consisting of the British-English single talk sequence described in ITU-T Recommendation P.501 [22] is applied. The training sequence level shall be –16 dBm0 in order to not overload the codec.

The test signal is a PN-sequence complying with ITU-T Recommendation P.501 with a length of 4 096 points (for a 48 kHz sampling rate system) and a crest factor of 6 dB instead of 11 dB. The PN-sequence is generated as described in P.501 with W(k) constant within the frequency range 200-4000 Hz and zero outside this range. The duration of the test signal is 250 ms. With an input signal of ‑3 dBm0, the attenuation from input to output of the system simulator shall be measured under the following conditions:

a)
The handset or the headset, with the transmission circuit fully active, shall be positioned on a hard plane surface with at least 400 mm free space in all directions; the earpiece shall face towards the surface as shown in figure 15c;

b)
The headset microphone is positioned as close as possible to the receiver(s) within the intended wearing position;

c)
For a binaural headset, the receivers are placed symmetrically around the microphone.
[image: image4.emf] 
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Figure 15c. Test configuration for stability loss measurement on handset or headset UE
The attenuation from input to output of the system simulator shall be measured in the frequency range from 200 Hz to 4 kHz. The spectral distribution of the output signal is analysed with a 4k FFT (for a 48 kHz sample rate test system), thus the measured part of the output signal is 85.333 ms. To avoid leakage effects, the frequency resolution of the FFT must be the same as the frequency spacing of the PN-sequence.
-------------------------------------END OF MODIFIED CLAUSE---------------------------------
-------------------------------------START OF MODIFIED CLAUSE---------------------------------
7.7
Acoustic echo control

7.7.1
General

The echo loss (EL) presented by the GSM or 3G networks at the POI should be at least 46 dB during single talk. This value takes into account the fact that UE is likely to be used in a wide range of noise environments.

7.7.2
Acoustic echo control in a hands-free UE

The hands-free UE is setup in a room with acoustic properties similar to a typical “office-type” room; a vehicle-mounted hands-free UE should be tested in a vehicle or vehicle simulator, as specified by the UE manufacturer (see also 3GPP TS 03.58 [11]). The ambient noise level ≤ 70 dBPa(A). The attenuation from reference point input to reference point output shall be measured using the compressed real speech signal described in clause 7.3.3 of ITU-T P.501 Amendment 1 [33].

The TCLw is calculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule). For the calculation, the averaged measured echo level at each frequency band is referred to the averaged test signal level measured in each frequency band. The first 17,0 s of the test signal (6 sentences) are discarded from the analysis to allow for convergence of the acoustic echo canceller. The analysis is performed over the remaining length of the test sequence (last 6 sentences).











The test signal level shall be ‑10 dBm0. 





7.7.3
Acoustic echo control in handset UE

The handset is set up according to clause 5. The ambient noise level shall be ≤ ‑64 dBPa(A). The attenuation from the reference point input to reference point output shall be measured using the compressed real speech signal described in clause 7.3.3 of ITU-T P.501 Amendment 1 [33] . 
The TCLw is calculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule). For the calculation, the averaged measured echo level at each frequency band is referred to the averaged test signal level measured in each frequency band. The first 17,0 s of the test signal (6 sentences) are discarded from the analysis to allow for convergence of the acoustic echo canceller. The analysis is performed over the remaining length of the test sequence (last 6 sentences).











The test signal level shall be ‑10 dBm0. 





7.7.4
Acoustic echo control in a headset UE

The headset is set up according to clause 5. The ambient noise level shall be ≤ ‑64 dBPa(A). The attenuation from reference point input to reference point output shall be measured using the compressed real speech signal as described in clause 7.3.3 of ITU-T P.501 Amendment 1 [33] .

The TCLw is calculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule). For the calculation, the averaged measured echo level at each frequency band is referred to the averaged test signal level measured in each frequency band. The first 17,0 s of the test signal (6 sentences) are discarded from the analysis to allow for convergence of the acoustic echo canceller. The analysis is performed over the remaining length of the test sequence (last 6 sentences).











The test signal level shall be ‑10 dBm0. 





-------------------------------------END OF MODIFIED CLAUSE---------------------------------
-------------------------------------START OF MODIFIED CLAUSE---------------------------------
7.9
Ambient noise rejection
Handset and headset UE:

NOTE:
The ambient noise rejection method has been updated to support basic testing of UEs that include noise suppression. Other methods are being investigated that may be more suitable for proper characterization of ambient noise rejection by UEs.

a)
A 1/2-inch pressure microphone is calibrated using a known sound source and mounted at the MRP, without the HATS present. The measurement system is calibrated to enable the sound pressure levels at the microphone to be determined in 1/3-octave bands.

b)
For calibration of the background noise generation system, flood the room in which the measurement is to be made with a band-limited (100 Hz to 8 kHz) pink-noise, accurate within ± 3 dB. The level at the MRP shall be adjusted to 70 dBSPL(A) (-24 dBPa(A)). The tolerance on this level is ± 1 dB. The resulting sound spectrum is Prn (dBPa), measured in 1/3-octave bands.


To ensure that the sound field is sufficiently diffuse, the following applies:


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 1/3-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)
The speech test signal to be used for measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is calibrated at the MRP. The test signal level shall be +1,3 dBPa, measured at the MRP.  The resulting sound spectrum is Po dBPa, measured in 1/3-octave bands. 

d)
Mount the MS under test, according to subclause 5.1.1.

e)
Set up a send speech path between the MS and the SS and reproduce the artificial speech signal and pink noise signal simultaneously according to the sequence in figure 17a:
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Figure 17a: Conditioning and test sequence for ambient noise rejection.
NOTE:
Windows I, II, III are used only for conditioning of the MS. Window IV is used for the actual measurement of the MS speech send sensitivity and window V for the measurement of the MS noise send sensitivity.

f)
To determine the send noise sensitivity, measure as a function of frequency in 1/3-octave bands (index j), the electrical output Vjrn, (expressed as dB rel. 1 V) at the audio output of the SS for the applied noise acoustic pressure Pjrn (expressed as dB rel. 1 Pa) at the MRP. This measurement is performed during the period determined by window V shown in figure 17a. 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 send noise sensitivity is expressed as:

Sm jrn = Vjrn (dBV) ‑ Pjrn (dBPa) dB rel. 1V/Pa

g)
To determine the send speech sensitivity, measure as a function of frequency in 1/3-octave bands (index j) the electrical output, Vj, (expressed as dB rel. 1 V) at the audio output of the SS for the applied speech acoustic pressure, Pj0, (expressed as dB rel. 1 Pa), at the MRP. This measurement is performed during the period determined by window IV shown in figure 17a.


The speech sending sensitivity is expressed as;


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

h)
The difference between the room noise sensitivity and the speech sending sensitivity, DELSM (jSM), in each 1/3-octave band for the MS is determined as:


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

i)
The Ambient noise rejection, ANR, is calculated as a single figure value according to the following formula:
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    j 
= The index of 1/3-octave bands centered at frequencies from 200 Hz to 3150 Hz inclusive.


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

Hands-free UE (all categories):
No test method for hands-free operations.
-------------------------------------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, 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 network type, codec type and bitrate used 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 [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 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, but shall exclude the delays introduced by the test equipment.
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 Figure 17b2: Different entities contributing to 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 delay shall include all entities in receiving direction from the POI to the DRP, 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 network type, codec type and bitrate used 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 [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 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, but shall exclude the delays introduced by the test equipment.
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 Figure 17b4: Different entities contributing to 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 (subclause 7.10.2).
-------------------------------------END OF MODIFIED CLAUSE---------------------------------
7.11
Echo control characteristics

7.11.1
Test set-up and test signals
The device is set up according to clause 5. The ambient noise level shall be ≤ ‑64 dBPa(A). 

The test shall be performed with the British-English “long” double-talk and conditioning speech sequences from ITU-T Recommendation P.501 [22], with the signals in the receiving direction band limited according to clause 5.4.

A description of the test stimuli is presented in Table 2a and Table 2b. The test sequence is composed of an initial conditioning sequence of 23,5 s and a double talk sequence of 35 s. For the analysis, the double talk sequence is divided into two segments, a first double-talk sequence with single short near-end words (0 – 20 s), and a second double-talk sequence with continuous double talk (20 – 35 s).
The sending speech during double-talk and the “near-end speech only” are recorded individually, with the “near-end speech only” sequence recorded with silence in the receiving direction. The time-alignment of the two recorded sequences is performed off-line during the analysis.
Table 2a: Test stimuli for recording of Echo Canceller operation

	
	Conditioning
	Single words (segment 1) and full sentence (segment 2) double talk

	Far-end signal
	FB_female_conditioning_seq_long.wav
	FB_male_female_single-talk_seq.wav

	Artificial mouth signal
	FB_male_conditioning_seq_long.wav
	FB_male_female_double-talk_seq.wav


Table 2b: Test stimuli for reference "near-end speech only" recording.

	
	Conditioning
	Single words (segment 1) and full sentence (segment 2) double talk

	Far-end signal
	FB_female_conditioning_seq_long.wav
	silence

	Artificial mouth signal
	FB_male_conditioning_seq_long.wav
	FB_male_female_double-talk_seq.wav


The level of the signal of the artificial mouth shall be -4,7 dBPa measured at the MRP. In order to obtain a reproducible time alignment as seen by the UE, the artificial mouth signal shall be delayed by the amount of the receiving direction delay. For the purpose of this alignment, the receiving direction delay for handset and headset modes is defined from the system simulator input to the artificial ear. For hands-free modes, the downlink delay is defined from the system simulator input to the acoustic output from the UE loudspeaker.

The level of the downlink signal shall be -16 dBm0 measured at the digital reference point or the equivalent analogue point.
7.11.2

Test method

The test method measures the duration of any level difference between the sending signal of a double-talk sequence (where the echo canceller has been exposed to simultaneous echo and near-end speech) and the sending signal of the same near-end speech only.  The level difference is classified into eight categories according to Figure 17b5 and Table 2c, representing various degrees of “Full duplex operation”, “Near-end clipping”, and “Residual echo”.
NOTE:
The limits for specifying the categories in Figure 17b5 and Table 2c are provisional pending further analysis and validation. 
NOTE:
The categories in Figure 17b5 and Table 2c are labelled in a functional order and the subjective impression of the respective categories is for further study.

NOTE:     To reduce potential issues associated with low-frequency test room noise, a [4th]-order high-pass filter with a cut-off frequency of [100] Hz can be applied before the level computation.
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Figure 17b5: Classification of echo canceller performance

Table 2c: Categories for echo canceller performance classification

	Category
	Level difference (ΔL)
	Duration (D)
	Description

	A1
	-4 dB ≤ ΔL < 4 dB
	
	Full-duplex and full transparency

	A2
	-15 dB ≤ ΔL < -4 dB
	
	Full-duplex with level loss in Tx

	B
	ΔL < -15 dB
	D < 25 ms
	Very short clipping

	C
	ΔL < -15 dB
	25 ms ≤ D < 150 ms
	Short clipping resulting in loss of syllables

	D
	ΔL < -15 dB
	D ≥ 150 ms
	Clipping resulting in loss of words

	E
	ΔL ≥ 4 dB
	D < 25 ms
	Very short residual echo

	F
	ΔL ≥ 4 dB
	25 ms ≤ D < 150 ms
	Echo bursts

	G
	ΔL ≥ 4 dB
	D ≥ 150 ms
	Continuous echo


A pseudo-code reference of the test method including test scripts and test-vectors is presented in clause C.3 and outlined in the following sub clauses.

7.11.2.1
Signal alignment

For the analysis of the signal level difference, the send signal during double-talk and the near-end only signal are aligned using a correlation analysis as described in clause C.3.2.
7.11.2.2
Signal level computation and frame classification
The analysis is based on the digital level measured with a meter according to IEC 61672 [38] with a time constant of 12,5 ms, sampled at 5 ms intervals corresponding to the evaluated frames. 

The “double-talk” frames are defined as the frames where both the far-end (receiving direction) signal includes active speech (extended with a hang-over period of 200 ms) and the near-end signal is composed of active speech. Active speech is defined to be detected using a speech level meter according to ITU-T P.56, and frames within -15.9 dB from the active speech level are classified as active speech frames. 

The “far-end single-talk adjacent to double-talk” frames are similarly defined using a speech level meter according to ITU-T P.56 as the frames with active far-end speech (extended with a hang-over period of 200 ms) and no active near-end speech (extended with a hang-over period of 200 ms).

A reference implementation of the signal level computation and frame classification is presented in clause C.3.3.

7.11.2.3
Classification into categories

The analysis and classification into the categories according to Figure 17b5 and Table 2c is performed according to the reference implementation described in clause C.3.4 and C.3.4.

The frames are first categorized according to the level categories defined in Table 2c. To determine the durations, the amount of adjacent frames falling into the same level category is determined.

The classification is then performed individually for the following situations:

· frames classified as “double-talk” from segment 1 of the double-talk sequence (see clause 7.11.1)

· frames classified as “far-end single-talk adjacent to double-talk” from segment 1 of the double-talk sequence

· frames classified as “double-talk” from segment 2 of the double-talk sequence

· frames classified as “far-end single-talk adjacent to double-talk” from segment 2 of the double-talk sequence

To determine the percentage values for each category (A1, A2, B, C, D, E, F, and G) within each situation, the number of frames falling into the respective category is divided by the total number of frames within the situation in question.

To determine the averaged level difference of the frames for each category (A1, A2, B, C, D, E, F, and G) within each situation, the sum of the level difference (in dB) of the frames falling into the respective category is divided by the total number of frames within the situation in question.

-------------------------------------END OF MODIFIED CLAUSE--------------------------------
-------------------------------------START OF MODIFIED CLAUSE---------------------------------
7.12
Quality (speech quality, noise intrusiveness) in the presence of ambient noise

The speech quality in sending for narrowband systems is tested based on ETSI TS 103 106 [34]. This test method leads to three MOS-LQOn quality numbers: 


N-MOS-LQOn: 
Transmission quality of the background noise


S-MOS-LQOn: 
Transmission quality of the speech


G-MOS-LQOn:
Overall transmission quality

The test arrangement is given in clause 5.1.5. The measurement is conducted for 8 noise conditions 
as described in Table 2d. The measurements should be made in the same unique and dedicated call. The noise types shall be presented according to the order specified in Table 2d.
Table 2d: Noise conditions used for ambient noise simulation
	Description
	File name
	Duration
	Level
	Type

	Recording in pub
	Pub_Noise_binaural_V2
	30 s
	L: 75,0 dB(A)

R: 73,0 dB(A)
	Binaural

	Recording at pavement
	Outside_Traffic_Road_binaural
	30 s
	L: 74,9 dB(A)

R: 73,9 dB(A)
	Binaural

	Recording at pavement
	Outside_Traffic_Crossroads_binaural
	20 s
	L: 69,1 dB(A)

R: 69,6 dB(A)
	Binaural

	Recording at departure platform
	Train_Station_binaural
	30 s
	L: 68,2 dB(A)

R: 69,8 dB(A)
	Binaural

	Recording at the drivers position
	Fullsize_Car1_130Kmh_binaural
	30 s
	L: 69,1 dB(A)

R: 68,1 dB(A)
	Binaural

	Recording at sales counter
	Cafeteria_Noise_binaural
	30 s
	L: 68,4 dB(A)

R: 67,3 dB(A)
	Binaural

	Recording in a cafeteria
	Mensa_binaural
	22 s
	L: 63,4 dB(A)

R: 61,9 dB(A)
	Binaural

	Recording in business office
	Work_Noise_Office_Callcenter_binaural
	30 s
	L: 56,6 dB(A)

R: 57,8 dB(A)
	Binaural


1)
Before starting the measurements a proper conditioning sequence shall be used. The conditioning sequence shall be comprised of the four additional sentences 1 - 4 described in ETSI TS 103 106 [34], applied to the beginning of the 16-sentence test sequence. The conditioning signal level is -1,7 dBPa at the MRP, measured as the active speech level according to ITU-T P.56 [37].

NOTE: The sequence of speech samples concatenated for the test signal, consisting of alternating talkers in the sending direction, reduces the overall test time but may represent an unrealistic behaviour for certain voice enhancement technologies. Alternative concatenations are for further study.

2)
The send speech signal consists of the 16 sentences of speech as described in ETSI TS 103 106 [34] The test signal level is -1,7 dBPa at the MRP, measured as the active speech level according to ITU-T P.56 [37]. Three signals are required for the tests:

–
The clean speech signal is used as the undisturbed reference (see ETSI TS 103 106 [34], ETSI EG 202 396-3 [36]).

–
The speech plus undisturbed background noise signal is recorded at the terminal's microphone position using an omnidirectional measurement microphone with a linear frequency response between 50 Hz and 12 kHz.

–
The send signal is recorded at the POI
.

3)
N-MOS-LQOn, S-MOS-LQOn and G-MOS-LQOn are calculated as described in ETSI TS 103 106 [34] on a per sentence basis and averaged over all 16 sentences. The results shall be reported as average and standard deviation.

4)
The measurement is repeated for each ambient noise condition described in Table 2d.

5)
The average of the results derived from all ambient noise types is calculated.

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

-------------------------------------START OF MODIFIED CLAUSE---------------------------------

8.2
Overall loss/loudness ratings

8.2.1
General

The SLR and RLR values for GSM or 3G networks apply up to the POI. However, the main determining factors are the characteristics of the UE, including the analogue to digital conversion (ADC) and digital to analogue conversion (DAC). In practice, it is convenient to specify loudness ratings to the Air Interface. For the normal case, where the GSM or 3G network introduce no additional loss between the Air Interface and the POI, the loudness ratings to the PSTN boundary (POI) will be the same as the loudness ratings measured at the Air Interface.

8.2.2
Connections with handset UE

8.2.2.1
Sending loudness rating (SLR)
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated
 over the complete test signal sequence.

b)
The handset terminal is setup as described in clause 5. 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 A [16], 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 [16], formula (A-23b), over bands 1 to 20, using m = 0,175 and the sending weighting factors from ITU‑T Recommendation P.79 Annex A [16], table A2.

8.2.2.2
Receiving loudness rating (RLR)
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described ITU-T Recommendation P.501 [22]. The test signal level shall be ‑16 dBm0 measured at the digital reference point or the equivalent analogue point. The test signal level is calculated
 over the complete test signal sequence.

b)
The handset terminal is setup as described in clause 5. The receiving sensitivity shall be calculated from each band of the 20 frequencies given in table A.2 of ITU‑T Recommendation P.79 Annex A [16], 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 A.2 of ITU‑T Recommendation P.79 Annex A [16].

d)
DRP-ERP correction is applied. No leakage correction shall be applied.

8.2.3
Connections with desktop and vehicle-mounted hands-free UE
Vehicle-mounted hands-free UE should be tested within the vehicle (for the totally integrated vehicle hands-free systems) or in a vehicle simulator, as described in 3GPP TS 03.58 [11].

Free-field measurements for vehicle-mounted hands-free are for further study.

8.2.3.1
Sending loudness rating (SLR)
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated
 over the complete test signal sequence. The broadband signal level then is adjusted to –28,7 dBPa at the HFRP or the HATS HFRP (as defined in ITU-Recommendation P.581) and the spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as references to determine the sending sensitivity SmJ.

b)
The hands-free terminal is setup as described in clause 5. The sending sensitivity shall be calculated from each band of the 20 frequencies given in table A.2 of ITU‑T Recommendation P.79 Annex A [16], 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 [16], formula (A-23b), over bands 1 to 20, using m = 0,175 and the sending weighting factors from ITU‑T Recommendation P.79 Annex A [16], table A.2.

8.2.3.2
Receiving loudness rating (RLR)

a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. The test signal level shall be ‑16 dBm0 measured at the digital reference point or the equivalent analogue point. The test signal level is calculated
 over the complete test signal sequence.

b)
The hands-free terminal is setup as described in clause 5. If a HATS is used, then it is free-field equalized as described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-octave frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations or measurements. The receiving sensitivity shall be calculated from each band of the 20 frequencies given in table A.2 of ITU‑T Recommendation P.79 Annex A [16], 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 A.2 of ITU‑T Recommendation P.79 Annex A [16].

d)
No leakage correction shall be applied. The hands-free correction as described in ITU‑T Recommendation P.340 shall be applied. To compute the receiving loudness rating (RLR) for a hands-free terminal (see also ITU-T Recommendation P.340), when using the combination of left and right artificial ear signals from the HATS, the HFLE has to be 8 dB instead of 14 dB. For further information see ITU-T Recommendation P.581.

8.2.4
Connections with hand-held hands-free UE
8.2.4.1
Sending loudness rating (SLR)
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated 
over the complete test signal sequence. The broadband signal level then is adjusted to –28,7 dBPa at the HFRP or the HATS HFRP (as defined in P.581) and the spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as reference to determine the sending sensitivity SmJ.

b)
The hands-free terminal is setup as described in clause 5. The sending sensitivity shall be calculated from each band of the 20 frequencies given in table A.2 of ITU‑T Recommendation P.79 Annex A [16], 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 [16], formula (A-23b), over bands 1 to 20, using m = 0,175 and the sending weighting factors from ITU‑T Recommendation P.79 Annex A [16], table A.2.

8.2.4.2
Receiving loudness rating (RLR)
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. The test signal level shall be ‑16 dBm0 measured at the digital reference point or the equivalent analogue point. The test signal level is calculated 
over the complete test signal sequence.

b)
The hands-free terminal is setup as described in clause 5. If a HATS is used, then it is free-field equalized as described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-octave frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations or measurements. The receiving sensitivity shall be calculated from each band of the 20 frequencies given in table A.2 of ITU‑T Recommendation P.79 Annex A [16], 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 A.2 of ITU‑T Recommendation P.79 Annex A [16].

d)
No leakage correction shall be applied. The hands-free correction as described in ITU‑T Recommendation P.340 shall be applied. To compute the receiving loudness rating (RLR) for hands-free terminals (see also ITU-T Recommendation P.340) when using the combination of left and right artificial ear signals from the HATS the HFLE has to be 8 dB, instead of 14 dB. For further information see ITU-T Recommendation P.581.
-------------------------------------END OF MODIFIED CLAUSE---------------------------------

-------------------------------------START OF MODIFIED CLAUSE---------------------------------

8.4
Sensitivity/frequency characteristics

8.4.1
Handset and headset UE sending

The headset case is similar to the handset one, except for the application force.

a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated 
over the complete test signal sequence.

b)
The handset terminal is setup as described in clause 5. 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 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.

8.4.2
Handset and headset UE receiving

a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. The test signal level shall be ‑16 dBm0 measured at the digital reference point or the equivalent analogue point. The test signal level is calculated 
over the complete test signal sequence.

b)
The handset terminal is setup as described in clause 5. 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 is referred to the averaged test signal level measured in each frequency band.

c)
The HATS is diffuse-field equalized. The sensitivity is expressed in terms of dBPa/V. Information about correction factors is available in ITU-T Recommendation P.57 [14].

Optionally, the measurements may be repeated with 2 N and 13 N application force. For these test cases no normative values apply.

8.4.3
Desktop and vehicle-mounted hands-free UE sending
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated
 over the complete test signal sequence. The broadband signal level is then adjusted to –28,7 dBPa at the HFRP or the HATS HFRP (as defined in ITU-T Recommendation P.581) and the spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as references to determine the sending sensitivity SmJ.

b)
The hands-free terminal is setup as described in clause 5. Measurements shall be made at 1/3-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 is referred to the averaged test signal level measured in each frequency band.

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

8.4.4
Desktop and vehicle-mounted hands-free UE receiving
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. The test signal level shall be ‑16 dBm0 measured at the digital reference point or the equivalent analogue point. The test signal level is calculated
 over the complete test signal sequence.

b)
The hands-free terminal is setup as described in clause 5. If a HATS is used, then it is free-field equalized as described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-octave frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations or measurements. Measurements shall be made at 1/3-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 is referred to the averaged test signal level measured in each frequency band.

c)
The sensitivity is expressed in terms of dBPa/V.

8.4.5
Hand-held hands-free UE sending
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated 
over the complete test signal sequence. The broadband signal level is then adjusted to –24,3 dBPa at the HFRP or the HATS HFRP (as defined in subclause 8.2.3.1) and the spectrum is not altered.

The spectrum at the MRP and the actual level at the MRP (measured in 1/3-octaves) are used as reference to determine the sending sensitivity SmJ.

b)
The hands-free terminal is setup as described in clause 5.1.3.3. Measurements shall be made at 1/3-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 is referred to the averaged test signal level measured in each frequency band.

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

8.4.6
Hand-held hands-free UE receiving
a)
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. The test signal level shall be ‑16 dBm0 measured at the digital reference point or the equivalent analogue point. The test signal level is calculated 
over the complete test signal sequence.

b)
The hands-free terminal is setup as described in clause 5. If a HATS is used, then it is free-field equalized as described in ITU-T Recommendation P.581. The equalized output signal of each artificial ear is power-averaged over the total duration of the analysis; the right and left artificial ear signals are voltage-summed for each 1/3-octave band frequency band; these 1/3-octave band data are considered as the input signal to be used for calculations or measurements. Measurements shall be made at 1/3-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 is referred to the averaged test signal level measured in each frequency band.

c)
The sensitivity is expressed in terms of dBPa/V.
-------------------------------------END OF MODIFIED CLAUSE---------------------------------

-------------------------------------START OF MODIFIED CLAUSE--------------------------------

8.5
Sidetone characteristics

8.5.1
Connections with handset UE
The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal shall be produced by the HATS. The test signal level shall be ‑4,7 dBPa measured at the MRP. The test signal level is calculated 
over the complete test signal sequence.

The handset UE is set up 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 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 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 B2 (unsealed condition) of ITU-T Recommendation P.79 [16]. No leakage correction (LE) shall be applied. DRP-ERP correction is used.

8.5.2
Headset UE

The test signal to be used for the measurements shall be the British-English single talk sequence described in ITU-T Recommendation P.501 [22]. 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 calculated 
over the complete test signal sequence.

 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 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, shall be calculated from each band of the 20 frequencies given in table G.1 of ITU-T Recommendation P.79 Annex A [16], bands 1 to 20. 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.
-------------------------------------END OF MODIFIED CLAUSE---------------------------------

-------------------------------------START OF MODIFIED CLAUSE---------------------------------

8.6
Stability loss

Where a user-controlled volume control is provided it is set to maximum.

Handset UE: The handset is placed on a hard plane surface with the earpiece facing the surface.

Headset UE: The requirement applies for the closest possible position between microphone and headset receiver within the intended wearing position.
NOTE:
Depending on the type of headset it may be necessary to repeat the measurement in different positions.
Hands-free UE (all categories): No requirement other than echo loss.

Before the actual test a training sequence consisting of the British-English single talk sequence described in ITU-T Recommendation P.501 [22] is applied. The training sequence level shall be ‑16 dBm0 in order to not overload the codec.

The test signal is a PN-sequence complying with ITU-T Recommendation P.501 with a length of 4 096 points (for a 48 kHz sampling rate system) and a crest factor of 6 dB instead of 11 dB. The PN-sequence is generated as described in P.501 with W(k) constant within the frequency range 100-8000 Hz and zero outside this range. The duration of the test signal is 250 ms. With an input signal of ‑3 dBm0, the attenuation from input to output of the system simulator shall be measured under the following conditions:

a)
The handset or the headset, with the transmission circuit fully active, shall be positioned on a hard plane surface with at least 400 mm free space in all directions. The earpiece shall face towards the surface as shown in figure 17c; 
b)
The headset microphone is positioned as close as possible to the receiver(s) within the intended wearing position;

c)
For a binaural headset, the receivers are placed symmetrically around the microphone.
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Figure 17c. Test configuration for stability loss measurement on handset or headset UE
The attenuation from input to output shall be measured in the frequency range from 100 Hz to 8 kHz. The spectral distribution of the output signal is analysed with a 4k FFT (for a 48 kHz sample rate test system), thus the measured part of the output signal is 85,333 ms. To avoid leakage effects the frequency resolution of the FFT must be the same as the frequency spacing of the PN-sequence.
-------------------------------------END OF MODIFIED CLAUSE---------------------------------

-------------------------------------START OF MODIFIED CLAUSE---------------------------------
8.7
Acoustic echo control

8.7.1
General

The echo loss (EL) presented by the GSM or 3G networks at the POI should be at least 46 dB during single talk. This value takes into account the fact that UE is likely to be used in a wide range of noise environments.

8.7.2
Acoustic echo control in a hands-free UE

The hands-free UE is setup in a room with acoustic properties similar to a typical “office-type” room; a vehicle-mounted hands-free UE should be tested in a vehicle or vehicle simulator, as specified by the UE manufacturer (see also 3GPP TS 03.58 [11]). The ambient noise level shall be ≤ -70 dBPa(A). The attenuation from reference point input to reference point output shall be measured using the compressed real speech signal described in clause 7.3.3 of ITU-T P.501 Amendment 1 [33] . 

The TCLw is calculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule) but using the frequency range of 300 Hz to 6 700 Hz (instead of 300 Hz to 3 400 Hz). For the calculation, the averaged measured echo level at each frequency band is referred to the averaged test signal level measured in each frequency band.










The test signal level shall be -10 dBm0. 





8.7.3
Acoustic echo control in a handset UE

The handset is set up according to clause 5. The ambient noise level shall be ≤ -64 dBPa(A). The attenuation from the reference point input to reference point output shall be measured using the compressed real speech signal described in clause 7.3.3 of ITU-T P.501 Amendment 1 [33] . 

The TCLw is calculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule) but using the frequency range of 300 Hz to 6 700 Hz (instead of 300 Hz to 3 400 Hz). For the calculation, the averaged measured echo level at each frequency band is referred to the averaged test signal level measured in each frequency band.










The test signal level shall be -10 dBm0. 





8.7.4
Acoustic echo control in a headset UE

The headset is set up according to clause 5. The ambient noise level shall be ≤ -64 dBPa(A). The attenuation from the reference point input to reference point output shall be measured using the compressed real speech signal as described in clause 7.3.3 of ITU-T P.501 Amendment 1 [33] . 

The TCLw is calculated according to ITU-T Recommendation G.122 [8], annex B, clause B.4 (trapezoidal rule) but using the frequency range of 300 Hz to 6 700 Hz (instead of 300 Hz to 3 400 Hz). For the calculation, the averaged measured echo level at each frequency band is referred to the averaged test signal level measured in each frequency band.










The test signal level shall be -10 dBm0. 





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

-------------------------------------START OF MODIFIED CLAUSE---------------------------------

8.9
Ambient noise rejection
Handset and headset UE:

NOTE:
The ambient noise rejection method has been updated to support basic testing of UEs that include noise suppression. Other methods are being investigated that may be more suitable for proper characterization of ambient noise rejection by UEs.

a)
A 1/2-inch pressure microphone is calibrated using a known sound source and mounted at the MRP, without the HATS present. The measurement system is calibrated to enable the sound pressure levels at the microphone to be determined in 1/3-octave bands.

b)
For calibration of the background noise generation system, flood the room in which the measurement is to be made with a band-limited (100 Hz to 8 kHz) pink-noise, accurate within ± 3 dB.  The level at the MRP shall be adjusted to 70 dBSPL(A) (-24 dBPa(A)). The tolerance on this level is ± 1 dB. The resulting sound spectrum is Prn (dBPa), measured in 1/3-octave bands.

To ensure that the sound field is sufficiently diffuse, the following applies:

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 1/3-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) 
The speech test signal to be used for measurements shall be the British-English single talk sequence described in clause ITU-T Recommendation P.501 [22]. The spectrum of the acoustic signal produced by the artificial mouth is calibrated at the MRP. The test signal level shall be +1,3 dBPa, measured at the MRP.  The resulting sound spectrum is Po (dBPa), measured in 1/3-octave bands.

d)
Mount the MS under test, according to subclause 5.1.1. 

e)
Set up a send speech path between the MS and the SS and reproduce the artificial speech signal and pink noise signal simultaneously according to the sequence in figure 19a:
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Figure 19a: Conditioning and test sequence for ambient noise rejection.
NOTE:
Windows I, II, III are used only for conditioning of the MS. Window IV is used for the actual measurement of the MS speech send sensitivity and window V for the measurement of the MS noise send sensitivity.

f)
To determine the send noise sensitivity, measure as a function of frequency in 1/3-octave bands (index j), the electrical output, Vjrn, (expressed as dB rel. 1 V) at the audio output of the SS for the applied noise acoustic pressure Pjrn (expressed as dB rel. 1 Pa) at the MRP. This measurement is performed during the period determined by window V shown in figure 19a. 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 send noise sensitivity shall be referenced to the send speech sensitivity at 315 Hz to yield the DELSM.

The send noise sensitivity is expressed as:



Sm jrn = Vjrn (dBV) ‑ Pjrn (dBPa).

g)
To determine the send speech sensitivity, measure  as a function of frequency in 1/3-octave bands (index j) the electrical output, Vj, (expressed as dB rel. 1 V), at the audio output of the SS for the applied speech acoustic pressure, Pj0, (expressed as dB rel. 1 Pa), at the MRP. This measurement is performed during the period determined by window IV shown in figure 19a.

The send speech sensitivity is expressed as:

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

h)
The difference between the room noise sensitivity and the speech sending sensitivity DELSM (jSM) in each 1/3-octave band for the MS is determined as:


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

i)
The Ambient noise rejection ANR is calculated as a single figure value according to the following formula:
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j 
= The index of 1/3-octave bands centered at frequencies from 200 Hz to 6300 Hz inclusive.


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

Hands-free UE (all categories):

No test method for hands-free operations.
-------------------------------------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, 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 network type, codec type and bitrate used 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 [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 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, but shall exclude the delays introduced by the test equipment.
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 Figure 19b2: Different entities contributing to 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 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, 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 network type, codec type and bitrate used 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 [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 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, but shall exclude the delays introduced by the test equipment.
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 Figure 19b4: Different entities contributing to 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 (subclause 8.10.2).

-------------------------------------END OF MODIFIED CLAUSE---------------------------------
-------------------------------------START OF MODIFIED CLAUSE--------------------------------
8.11
Echo control characteristics

8.11.1
Test set-up and test signals
The device is set up according to clause 5. The ambient noise level shall be ≤ ‑64 dBPa(A). 

The test shall be performed with the British-English “long” double-talk and conditioning speech sequences from ITU-T Recommendation P.501 [22], with the signals in the receiving direction band limited according to clause 5.4.

A description of the test stimuli is presented in Table 2e and Table 2f. The test sequence is composed of an initial conditioning sequence of 23,5 s and a double talk sequence of 35 s. For the analysis, the double talk sequence is divided into two segments, a first double-talk sequence with single short near-end words (0 – 20 s), and a second double-talk sequence with continuous double talk (20-35 s).
The sending speech during double-talk and the “near-end speech only” are recorded individually, with the “near-end speech only” sequence recorded with silence in the receiving direction. The time-alignment of the two recorded sequences is performed off-line during the analysis.
Table 2e: Test stimuli for recording of Echo Canceller operation

	
	Conditioning
	Single words (segment 1) and full sentence (segment 2) double talk

	Far-end signal
	FB_female_conditioning_seq_long.wav
	FB_male_female_single-talk_seq.wav

	Artificial mouth signal
	FB_male_conditioning_seq_long.wav
	FB_male_female_double-talk_seq.wav


Table 2f: Test stimuli for reference "near-end speech only" recording.

	
	Conditioning
	Single words (segment 1) and full sentence (segment 2) double talk

	Far-end signal
	FB_female_conditioning_seq_long.wav
	silence

	Artificial mouth signal
	FB_male_conditioning_seq_long.wav
	FB_male_female_double-talk_seq.wav


The level of the signal of the artificial mouth shall be -4.7 dBPa measured at the MRP. In order to obtain a reproducible time alignment as seen by the UE, the artificial mouth signal shall be delayed by the amount of the receiving direction delay. For the purpose of this alignment, the receiving direction delay for handset and headset modes is defined from the system simulator input to the artificial ear. For handsfree modes, the downlink delay is defined from the system simulator input to the acoustic output from the UE loudspeaker.

The level of the downlink signal shall be -16 dBm0 measured at the digital reference point or the equivalent analogue point.
8.11.2

Test method

The test method measures the duration of any level difference between the sending signal of a double-talk sequence (where the echo canceller has been exposed to simultaneous echo and near-end speech) and the sending signal of the same near-end speech only.  The level difference is classified into eight categories according to Figure 19b5 and Table 2g, representing various degrees of “Full duplex operation”, “Near-end clipping”, and “Residual echo”.
NOTE:
The limits for specifying the categories in Figure 19b5 and Table 2g are provisional pending further analysis and validation. 
NOTE:
The categories in Figure 19b5 and Table 2g are labelled in a functional order and the subjective impression of the respective categories is for further study.

NOTE:      To reduce potential issues associated with low-frequency test room noise, a [4th]-order high-pass filter with a cut-off frequency of [100] Hz can be applied before the level computation.
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Figure 19b5: Classification of echo canceller performance
Table 2g: Categories for echo canceller performance classification

	Category
	Level difference (ΔL)
	Duration (D)
	Description

	A1
	-4 dB ≤ ΔL < 4 dB
	
	Full-duplex and full transparency

	A2
	-15 dB ≤ ΔL < -4 dB
	
	Full-duplex with level loss in Tx

	B
	ΔL < -15 dB
	D < 25 ms
	Very short clipping

	C
	ΔL < -15 dB
	25 ms ≤ D < 150 ms
	Short clipping resulting in loss of syllables

	D
	ΔL < -15 dB
	D ≥ 150 ms
	Clipping resulting in loss of words

	E
	ΔL ≥ 4 dB
	D < 25 ms
	Very short residual echo


	F
	ΔL ≥ 4 dB
	25 ms ≤ D < 150 ms
	Echo bursts

	G
	ΔL ≥ 4 dB
	D ≥ 150 ms
	Continuous echo


A pseudo-code reference of the test method including test scripts and test-vectors is presented in Clause C.3 and outlined in the following sub clauses.

8.11.2.1
Signal alignment

For the analysis of the signal level difference, the send signal during double-talk and the near-end only signal are aligned using a correlation analysis as described in Clause C.3.2.
8.11.2.2
Signal level computation and frame classification
The analysis is based on the digital level measured with a meter according to IEC 61672 [38] with a time constant of 12.5 ms, sampled at 5 ms intervals corresponding to the evaluated frames. 

The “double-talk” frames are defined as the frames were both the far-end (receiving direction) signal includes active speech (extended with a hang-over period of 200 ms) and the near-end signal is composed of active speech. Active speech is defined to be detected using a speech level meter according to ITU-T P.56, and frames within -15.9 dB from the active speech level are classified as active speech frames. 

The “far-end single-talk adjacent to double-talk” frames are similarly defined using a speech level meter according to ITU-T P.56 as the frames with active far-end speech (extended with a hang-over period of 200 ms) and no active near-end speech (extended with a hang-over period of 200 ms).

A reference implementation of the signal level computation and frame classification is presented in Clause C.3.3.

8.11.2.3
Classification into categories

The analysis and classification into the categories according to Figure 19b5 and Table 2g is performed according to the reference implementation described in Clause C.3.4 and C.3.4.

The frames are first categorized according to the level categories defined in Table 2g. To determine the durations, the amount of adjacent frames falling into the same level category is determined.

The classification is then performed individually for the following situations:

· frames classified as “double-talk” from segment 1 of the double-talk sequence (see 8.11.1)

· frames classified as “far-end single-talk adjacent to double-talk” from segment 1 of the double-talk sequence

· frames classified as “double-talk” from segment 2 of the double-talk sequence

· frames classified as “far-end single-talk adjacent to double-talk” from segment 2 of the double-talk sequence

To determine the percentage values for each category (A1, A2, B, C, D, E, F, and G) within each situation, the number of frames falling into the respective category is divided by the total number of frames within the situation in question.

To determine the averaged level difference of the frames for each category (A1, A2, B, C, D, E, F, and G) within each situation, the sum of the level difference (in dB) of the frames falling into the respective category is divided by the total number of frames within the situation in question.

-------------------------------------END OF MODIFIED CLAUSE--------------------------------
-------------------------------------START OF MODIFIED CLAUSE---------------------------------
8.12
Quality (speech quality, noise intrusiveness) in the presence of ambient noise

The speech quality in sending for narrowband systems is tested based on ETSI TS 103 106, clause 9 [34]. This test method leads to three MOS-LQOw quality numbers: 


N-MOS-LQOw: 
Transmission quality of the background noise


S-MOS-LQOw: 
Transmission quality of the speech


G-MOS-LQOw:
Overall transmission quality

The test arrangement is given in clause 5.1.5. The measurement is conducted for 8 noise conditions 
as described in Table 2h. The measurements should be made in the same unique and dedicated call. The noise types shall be presented according to the order specified in Table 2h.

Table 2h: Noise conditions used for ambient noise simulation

	Description
	File name
	Duration
	Level
	Type

	Recording in pub
	Pub_Noise_binaural_V2
	30 s
	L: 75,0 dB(A)

R: 73,0 dB(A)
	Binaural

	Recording at pavement
	Outside_Traffic_Road_binaural
	30 s
	L: 74,9 dB(A)

R: 73,9 dB(A)
	Binaural

	Recording at pavement
	Outside_Traffic_Crossroads_binaural
	20 s
	L: 69,1 dB(A)

R: 69,6 dB(A)
	Binaural

	Recording at departure platform
	Train_Station_binaural
	30 s
	L: 68,2 dB(A)

R: 69,8 dB(A)
	Binaural

	Recording at the drivers position
	Fullsize_Car1_130Kmh_binaural
	30 s
	L: 69,1 dB(A)

R: 68,1 dB(A)
	Binaural

	Recording at sales counter
	Cafeteria_Noise_binaural
	30 s
	L: 68,4 dB(A)

R: 67,3 dB(A)
	Binaural

	Recording in a cafeteria
	Mensa_binaural
	22 s
	L: 63,4 dB(A)

R: 61,9 dB(A)
	Binaural

	Recording in business office
	Work_Noise_Office_Callcenter_binaural
	30 s
	L: 56,6 dB(A)

R: 57,8 dB(A)
	Binaural


1)
Before starting the measurements a proper conditioning sequence shall be used. The conditioning sequence shall be comprised of the four additional sentences 1-4 described in ETSI TS 103 106 [34], applied to the beginning of the 16-sentence test sequence. The conditioning signal level is - 1.7 dBPa at the MRP, measured as active speech level according to ITU-T P.56 [37].

NOTE: The sequence of speech samples concatenated for the test signal, consisting of alternating talkers in the sending direction, reduces the overall test time but may represent an unrealistic behaviour for certain voice enhancement technologies. Alternative concatenations are for further study.

2)
The send speech signal consists of the 16 sentences of speech as described in ETSI TS 103 106[34] The test signal level is - 1.7 dBPa at the MRP, measured as active speech level according to ITU-T P.56 [37]. Three signals are required for the tests:

–
The clean speech signal is used as the undisturbed reference (see ETSI TS 103 106 [34], ETSI EG 202 396-3 [36]).

–
The speech plus undisturbed background noise signal is recorded at the terminal's microphone position using an omnidirectional measurement microphone with a linear frequency response between 50 Hz and 12 kHz.

–
The send signal is recorded at the POI
.

3)
N-MOS-LQOw, S-MOS-LQOw and G-MOS-LQOw are calculated as described in ETSI TS 103 106 [34] on a per sentence basis and averaged over all 16 sentences. The results shall be reported as average and standard deviation.

4)
The measurement is repeated for each ambient noise condition described in Table 2h.

5)
The average of the results derived from all ambient noise types is calculated.

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