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5.2.1 Codec approach and specification

Definition of 0 dBr point:

D/A converter - aDigital Test Sequence (DTS) representing the codec equivalent of an analogue sinusoidal signal
whose rmsvalueis 3:,14 dB below the maximum full-load capacity of the codec shall generate O
dBm across a 600 ohm load;

A/D converter - a0 dBm signal generated from a 600 ohm source shall give the digital test sequence (DTYS)
representing the codec equivalent of an analogue sinusoidal signal whose RMS valueis 3:,14 dB
below the maximum full-load capacity of the codec.

Narrow band telephony testing

For testing a 3G terminal supporting narrow-band telephony, the system simulator shall use the AMR speech codec as
defined in 3GPP TS 26 series specifications, at the source coding bit rate of 12:,2kbit/s. The transcoding from the output
of the AMR speech coding in the system simulator to analogue signals shall be carried out using an ITU-T G.711 codec
performing to ITU-T G.712 (4-wire analogue).

5.2.2 Direct digital processing approach

In this approach, the companded digital input/output bit-stream of the terminal connected through the radio link to the
system simulator is operated upon directly. For the purposes of 3G acoustic testing, the direct digital processing shall
use the default speech codec, the AMR speech codec as defined in 3GT S26 series specifications, at it’s highest source
coding bit rate of 12-,2kbit/s.

Narrow band telephony testing
For testing a 3G terminal supporting narrow-band telephony, the system simulator shall use the AMR speech codec as
defined in 3GPP TS 26 series specifications, at the source coding bit rate of 12:,2kbit/s.

6.1.1 Handset and headset terminals

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

1. Therelationship between the pressure at the mouth opening and that at 5,0, 7-,5 and 10cm in front of the centre of
thelip ring is within £0,:5dB of that which exists in a known acoustic free-field.

6.2 System Simulator conditions

The system simulator should provide an error free radio connection to the UE under test. The default speech codec, the
AMR speech codec, shall be used at it’s highest bit rate of 12:,2kbit/s. Discontinuous Transmission, DTX, (silence
suppression) shall be disabled for the purposes of 3G acoustic testing.

7.2.2.1 Sending Loudness Rating (SLR)

¢) The sensitivity is expressed in terms of dBV/Pa and the SLR shall be calculated according to ITU-T
Recommendation P.79, formula2-2(A-23b), over bands 4 to 17, using m = 0,175 and the sending weighting
factors from ITU-T Recommendation P.79, table 1.
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7.2.2.2 Receiving Loudness Rating (RLR)

¢) The sensitivity isexpressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
Recommendation P.79 [1816], formula-22(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 [1816].

7.2.3.1 Sending Loudness Rating (SLR)

a) Thetest signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation
P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall
be stated in the test report. The spectrum of acoustic signal produced by the artificial mouth is calibrated under
freefield conditions at the MRP. The test signal level shall be —4,7 dBPa, measured at the MRP. The test signal
| level is averaged over the complete test signal sequence. The broadband signal level then is adjusted to —28:,7
dBPa at the HFRP or the HATSHFRP (as defined in P. 581) and the spectrum is not altered.

¢) The sensitivity isexpressed in terms of dBV/Pa and the SLR shall be calculated according to ITU-T
| Recommendation P.79, formula2-2 (A-23b), over bands 4 to 17, using m = 0,175 and the sending weighting
factors from ITU-T Recommendation P.79, table 1.

7.2.3.2 Receiving Loudness Rating (RLR)

c) The sensitivity is expressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
| Recommendation P.79 [1816], formula22_ (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.

7.24.1 Sending Loudness Rating (SLR)

a) Thetest signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation
P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall
be stated in the test report. The spectrum of acoustic signal produced by the artificial mouth is calibrated under
freefield conditions at the MRP. Thetest signal level shall be —4,7 dBPa, measured at the MRP. The test signal
level is averaged over the complete test signal sequence. The broadband signal level then is adjusted to —28.,7
dBPa at the HFRP or the HATSHFRP (as defined in P. 581) and the spectrum is not altered.

¢) The sensitivity is expressed in terms of dBV/Pa and the SLR shall be calculated according to ITU-T
| Recommendation P.79, fermula2-1 Formula (A-23b), over bands 4 to 17, using m = 0,175 and the sending
weighting factors from ITU-T Recommendation P.79, table 1.

7.2.4.2 Receiving Loudness Rating (RLR)

¢) The sensitivity isexpressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
| Recommendation P.79 [1816], fermula22Formula 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.

7.4.3  Vehicle Mounted & Desk-Top hands-free UE sending

a) Thetest signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation
P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall
be stated in the test report. The spectrum of acoustic signal produced by the artificial mouth is calibrated under
freefield conditions at the MRP. Thetest signal level shall be —4,7 dBPa, measured at the MRP. The test signal
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level is averaged over the complete test signal sequence. The broadband signal level then is adjusted to —28:,7
dBPaat the HFRP or the HATSHFRP (as defined in P. 581) and the spectrum is not altered.

7.4.5 Hand-Held hands-free UE sending

a) Thetest signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation
P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall
be stated in the test report. The spectrum of acoustic signal produced by the artificial mouth is calibrated under
freefield conditions at the MRP. The test signal level shall be —4,7 dBPa, measured at the MRP. The test signal
level is averaged over the complete test signal sequence. The broadband signal level then is adjusted to —28:,7
dBPa at the HFRP or the HATSHFRP (as defined in P. 581) and the spectrum is not altered.

7.5.1 Connections with Handset UE

The sidetone path loss L st 85 expressed in dB shall be calculated from each band of the 14 frequencies given in table
1 of ITU-T Recommendation P.79, bands 4 to 17. The STMR (in dB) shall be calculated from the formula B-42-1 of
ITU-T Recommendation P.79, using m = 0,225 and the weighting factorsin table B.23 of ITU-T Recommendation
P.79.

7.5.2 Headset UE

The sidetone path loss L st 85 expressed in dB shall be calculated from each band of the 14 frequencies given in table
1 of ITU-T Recommendation P.79, bands 4 to 17. The STMR (in dB) shall be calculated from the formula B-4 of 1TU-
T Recommendation P.79 [16], using m = 0,225 and the weighting factorsin Table 3B.2 of ITU-T Recommendation
P.79[16].

7.7.2 Acoustic echo control in a Hands-free UE

s(t) = Z [[A+ H am cos(2nt* f o )]* 005(271* foi )]

with A=05

fam =4 Hz, pam =05

foi= 250Hz * 20 i=1.11

CF=14dB +1 dB (10 dB + 4,26 dB due to 100% AM modulation)
CF = Crest Factor = Peak to RM S ratio

The training sequence level shall be —16 dBmO in order not to overload the codec. The test signal level shall be-10
dBmO. 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 length of the test signal shall be at least one second (1-,0 S).

Note:

Full scale of coder input signal correspondsto +3:,14 dBmO with sinusoidal signal, CF= 3dB. A test signal with a CF of
maximum 15 dB can thus have alevel of up to —8:,86 dBmO without overloading the codec. In order to get best
dynamic range the signal amplitude should be as high as possible.
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7.7.3 Acoustic echo control in a handset UE

V=3 A+, cosl2rt* 1, )]* cos(2rt * £, )

with A=05

fam =4 Hz, pam = 0:5

foi= 250Hz* 20® =111

CF=14dB +1 dB (10 dB + 4,26 dB dueto 100% AM modulation)
CF = Crest Factor = Peak to RMSratio

The training sequence level shall be—16 dBmO in order not to overload the codec. The test signal level shall be -10
dBmO. 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 length of the test signal shall be at least one second (1-,0 S).

7.7.4 Acoustic echo control in a headset UE

fam =4 Hz, pan = 0:,5

foi= 250Hz* 20® =111

CF=14dB +1 dB (10 dB + 4-,26 dB dueto 100% AM modulation)
CF = Crest Factor = Peak to RMSratio

The training sequence level shall be—16 dBmO in order not to overload the codec. The test signal level shall be -10
dBmO. 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 isreferred to the averaged test signal level
measured in each frequency band. The length of the test signal shall be at least one second (1-,0 S).

Note:

Full scale of coder input signal corresponds to +3:,14 dBm0 with sinusoidal signal, CF= 3dB. A test signal with a CF of
maximum 15 dB can thus have alevel of up to —8:,86 dBmO without overloading the codec. In order to get best
dynamic range the signal amplitude should be as high as possible.
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5.2.1 Codec approach and specification

Definition of 0 dBr point:

D/A converter - aDigital Test Sequence (DTS) representing the codec equivalent of an analogue sinusoidal signal
whose rmsvalueis 3:,14 dB below the maximum full-load capacity of the codec shall generate O
dBm across a 600 ohm load;

A/D converter - a0 dBm signal generated from a 600 ohm source shall give the digital test sequence (DTYS)
representing the codec equivalent of an analogue sinusoidal signal whose RMS valueis 3:,14 dB
below the maximum full-load capacity of the codec.

Narrow band telephony testing

For testing a 3G terminal supporting narrow-band telephony, the system simulator shall use the AMR speech codec as
defined in 3GPP TS 26 series specifications, at the source coding bit rate of 12:,2kbit/s. The transcoding from the output
of the AMR speech coding in the system simulator to analogue signals shall be carried out using an ITU-T G.711 codec
performing to ITU-T G.712 (4-wire analogue).

Wide band telephony testing

For testing a 3G terminal supporting wide-band telephony, the system simulator shall use the AMR-WB speech codec
as defined in 3GPP TS26 series specifications, at the source coding bit rate of 19:,85kbit/s. The transcoding from the
output of the AMR-WB speech coding in the system simulator to analogue signals shall be carried out using an ITU-T
G.711 codec performing to ITU-T G.712 (4-wire analogue).

5.2.2 Direct digital processing approach

In this approach, the companded digital input/output bit-stream of the terminal connected through the radio link to the
system simulator is operated upon directly. For the purposes of 3G acoustic testing, the direct digital processing shall
use the default speech codec, the AMR speech codec as defined in 3GT S26 series specifications, at it’s highest source
coding bit rate of 12:,2kbit/s.

Narrow band telephony testing

For testing a 3G terminal supporting narrow-band telephony, the system simulator shall use the AMR speech codec as
defined in 3GPP TS 26 series specifications, at the source coding bit rate of 12:,2kbit/s.

Wide band telephony testing

For testing a 3G terminal supporting wide-band telephony, the system simulator shall use the AMR-WB speech codec
as defined in 3GPP TS26 series specifications, at the source coding bit rate of 19.,85kbit/s.

6.1.1 Handset and headset terminals

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

1. Therelationship between the pressure at the mouth opening and that at 5:,0, 7-,5 and 10cm in front of the centre of
thelip ring is within £0,:5dB of that which exists in a known acoustic free-field.
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6.2 System Simulator conditions

The system simulator should provide an error free radio connection to the UE under test. The default speech codec, the
| AMR speech codec, shall be used at it’s highest bit rate of 12:,2kbit/s. Discontinuous Transmission, DTX, (silence
suppression) shall be disabled for the purposes of 3G acoustic testing.

7.2.2.1 Sending Loudness Rating (SLR)

¢) The sensitivity is expressed in terms of dBV/Pa and the SLR shall be calculated according to ITU-T
| Recommendation P.79, formula-2-1(A-23b), over bands 4 to 17, using m = 0,175 and the sending weighting
factors from ITU-T Recommendation P.79, table 1.

7.2.2.2 Receiving Loudness Rating (RLR)

¢) The sensitivity is expressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
Recommendation P.79 [1816], formula2-2(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 [1816].

7.2.3.1 Sending Loudness Rating (SLR)

a) Thetest signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation
P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall
be stated in the test report. The spectrum of acoustic signal produced by the artificial mouth is calibrated under
freefield conditions at the MRP. Thetest signal level shall be —4,7 dBPa, measured at the MRP. The test signal
level is averaged over the complete test signal sequence. The broadband signal level then is adjusted to —28.,7
dBPa at the HFRP or the HATSHFRP (as defined in P. 581) and the spectrum is not altered.

¢) The sensitivity is expressed in terms of dBV/Pa and the SLR shall be calculated according to ITU-T
| Recommendation P.79, formula22 (A-23b), over bands 4 to 17, using m = 0,175 and the sending weighting
factorsfrom ITU-T Recommendation P.79, table 1.

7.2.3.2 Receiving Loudness Rating (RLR)

¢) The sensitivity isexpressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
| Recommendation P.79 [1816], formula-22_ (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.

7.24.1 Sending Loudness Rating (SLR)

a) Thetest signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation
P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall
be stated in the test report. The spectrum of acoustic signal produced by the artificial mouth is calibrated under
freefield conditions at the MRP. The test signal level shall be —4,7 dBPa, measured at the MRP. The test signal
| level is averaged over the complete test signal sequence. The broadband signal level then is adjusted to —28:,7
dBPa at the HFRP or the HATSHFRP (as defined in P. 581) and the spectrumis not altered.
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¢) The sensitivity is expressed in terms of dBV/Pa and the SLR shall be calculated according to ITU-T
| Recommendation P.79, foermula2-2 Formula (A-23b), over bands 4 to 17, using m = 0,175 and the sending
weighting factors from ITU-T Recommendation P.79, table 1.

7.24.2 Receiving Loudness Rating (RLR)

¢) The sensitivity is expressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
| Recommendation P.79 [1816], fermula22Formula 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.

7.4.3  Vehicle Mounted & Desk-Top hands-free UE sending

a) Thetest signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation
P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall
be stated in the test report. The spectrum of acoustic signal produced by the artificial mouth is calibrated under
freefield conditions at the MRP. The test signal level shall be —4,7 dBPa, measured at the MRP. The test signal
| level is averaged over the complete test signal sequence. The broadband signal level then is adjusted to —28:,7
dBPa at the HFRP or the HATSHFRP (as defined in P. 581) and the spectrum is not altered.

7.4.5 Hand-Held hands-free UE sending

a) Thetest signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation
P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall
be stated in the test report. The spectrum of acoustic signal produced by the artificial mouth is calibrated under
freefield conditions at the MRP. The test signal level shall be —4,7 dBPa, measured at the MRP. The test signal
| level is averaged over the complete test signal sequence. The broadband signal level then is adjusted to —28:,7
dBPa at the HFRP or the HATSHFRP (as defined in P. 581) and the spectrum is not altered.

751 Connections with Handset UE

The sidetone path |oss L st 85 expressed in dB shall be calculated from each band of the 14 frequencies given in table
1 of ITU-T Recommendation P.79, bands 4 to 17. The STMR (in dB) shall be calculated from the formula B-42-1 of
ITU-T Recommendation P.79, using m = 0;.225 and the weighting factorsin table B.23 of ITU-T Recommendation
P.79.

7.5.2 Headset UE

The sidetone path loss L st as expressed in dB shall be calculated from each band of the 14 frequencies given in table
1 of ITU-T Recommendation P.79, bands 4 to 17. The STMR (in dB) shall be calculated from the formula B-4 of 1TU-

| T Recommendation P.79 [16], using m = 0,225 and the weighting factorsin Table 3B.2 of ITU-T Recommendation
P.79 [16].

7.7.2 Acoustic echo control in a Hands-free UE
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0= 3 [+ s ol 1, ] coet 1,

with A=05

fam =4 Hz, pam = 0:5

foi= 250Hz* 20® =111

CF=14dB +1 dB (10 dB + 4,26 dB dueto 100% AM modulation)
CF = Crest Factor = Peak to RMSratio

The training sequence level shall be—16 dBmO in order not to overload the codec. The test signal level shall be -10
dBmO. 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 isreferred to the averaged test signal level
measured in each frequency band. The length of the test signal shall be at least one second (1-,0 S).

Note:

Full scale of coder input signal corresponds to +3:,14 dBmO with sinusoidal signal, CF= 3dB. A test signal with a CF of
maximum 15 dB can thus have alevel of up to —8:,86 dBmO without overloading the codec. In order to get best
dynamic range the signal amplitude should be as high as possible.

7.7.3 Acoustic echo control in a handset UE

V=3 A+, cosl2rt* 1, )] * cos(2rt * £, )

with A=05

fam =4 Hz, pam = 0:,5

foi= 250Hz* 20® =111

CF=14dB +1 dB (10 dB + 4,26 dB dueto 100% AM modulation)
CF = Crest Factor = Peak to RMSratio

The training sequence level shall be—16 dBmO in order not to overload the codec. The test signal level shall be -10
dBmO. 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 length of the test signal shall be at least one second (1-,0 S).

7.7.4 Acoustic echo control in a headset UE

fam =4 Hz, pam =05

foi= 250Hz * 20 i=1.11

CF=14dB +1 dB (10 dB + 4,26 dB dueto 100% AM modulation)
CF = Crest Factor = Peak to RMSratio

The training sequence level shall be—16 dBmO in order not to overload the codec. The test signal level shall be-10
dBmO. 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 length of the test signal shall be at least one second (1-,0 S).
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Note:

Full scale of coder input signal correspondsto +3:,14 dBm0 with sinusoidal signal, CF= 3dB. A test signal with a CF of
maximum 15 dB can thus have alevel of up to —8:,86 dBmO without overloading the codec. In order to get best
dynamic range the signal amplitude should be as high as possible.
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5.2.1 Codec approach and specification

Definition of 0 dBr point:

D/A converter - aDigital Test Sequence (DTS) representing the codec equivalent of an analogue sinusoidal signal
whose rmsvalueis 3:,14 dB below the maximum full-load capacity of the codec shall generate O
dBm across a 600 ohm load;

A/D converter - a0 dBm signal generated from a 600 ohm source shall give the digital test sequence (DTYS)
representing the codec equivalent of an analogue sinusoidal signal whose RMS valueis 3:,14 dB
below the maximum full-load capacity of the codec.

Narrow band telephony testing

For testing a 3G terminal supporting narrow-band telephony, the system simulator shall use the AMR speech codec as
defined in 3GPP TS 26 series specifications, at the source coding bit rate of 12:,2kbit/s. The transcoding from the output
of the AMR speech coding in the system simulator to analogue signals shall be carried out using an ITU-T G.711 codec
performing to ITU-T G.712 (4-wire analogue).

5.2.2 Direct digital processing approach

In this approach, the companded digital input/output bit-stream of the terminal connected through the radio link to the
system simulator is operated upon directly. For the purposes of 3G acoustic testing, the direct digital processing shall
use the default speech codec, the AMR speech codec as defined in 3GT S26 series specifications, at it’s highest source
coding bit rate of 12-,2kbit/s.

Narrow band telephony testing
For testing a 3G terminal supporting narrow-band telephony, the system simulator shall use the AMR speech codec as
defined in 3GPP TS 26 series specifications, at the source coding bit rate of 12:,2kbit/s.

6.1.1 Handset and headset terminals

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

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

6.2 System Simulator conditions

The system simulator should provide an error free radio connection to the UE under test. The default speech codec, the
AMR speech codec, shall be used at it’s highest bit rate of 12:,2kbit/s. Discontinuous Transmission, DTX, (silence
suppression) shall be disabled for the purposes of 3G acoustic testing.

7.2.2.1 Sending Loudness Rating (SLR)

¢) The sensitivity is expressed in terms of dBV/Pa and the SLR shall be calculated according to ITU-T
Recommendation P.79, formula2-2(A-23b), over bands 4 to 17, using m = 0,175 and the sending weighting
factors from ITU-T Recommendation P.79, table 1.
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7.2.2.2 Receiving Loudness Rating (RLR)

¢) The sensitivity isexpressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
Recommendation P.79 [1816], formula-22(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 [1816].

7.2.3.1 Sending Loudness Rating (SLR)

a) Thetest signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation
P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall
be stated in the test report. The spectrum of acoustic signal produced by the artificial mouth is calibrated under
freefield conditions at the MRP. The test signal level shall be —4,7 dBPa, measured at the MRP. The test signal
| level is averaged over the complete test signal sequence. The broadband signal level then is adjusted to —28:,7
dBPa at the HFRP or the HATSHFRP (as defined in P. 581) and the spectrum is not altered.

¢) The sensitivity isexpressed in terms of dBV/Pa and the SLR shall be calculated according to ITU-T
| Recommendation P.79, formula2-2 (A-23b), over bands 4 to 17, using m = 0,175 and the sending weighting
factors from ITU-T Recommendation P.79, table 1.

7.2.3.2 Receiving Loudness Rating (RLR)

c) The sensitivity is expressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
| Recommendation P.79 [1816], formula22_ (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.

7.24.1 Sending Loudness Rating (SLR)

a) Thetest signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation
P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall
be stated in the test report. The spectrum of acoustic signal produced by the artificial mouth is calibrated under
freefield conditions at the MRP. Thetest signal level shall be —4,7 dBPa, measured at the MRP. The test signal
level is averaged over the complete test signal sequence. The broadband signal level then is adjusted to —28.,7
dBPa at the HFRP or the HATSHFRP (as defined in P. 581) and the spectrum is not altered.

¢) The sensitivity is expressed in terms of dBV/Pa and the SLR shall be calculated according to ITU-T
| Recommendation P.79, fermula2-1 Formula (A-23b), over bands 4 to 17, using m = 0,175 and the sending
weighting factors from ITU-T Recommendation P.79, table 1.

7.2.4.2 Receiving Loudness Rating (RLR)

¢) The sensitivity isexpressed in terms of dBPa/V and the RLR shall be calculated according to ITU-T
| Recommendation P.79 [1816], fermula22Formula 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.

7.4.3  Vehicle Mounted & Desk-Top hands-free UE sending

a) Thetest signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation
P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall
be stated in the test report. The spectrum of acoustic signal produced by the artificial mouth is calibrated under
freefield conditions at the MRP. Thetest signal level shall be —4,7 dBPa, measured at the MRP. The test signal
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level is averaged over the complete test signal sequence. The broadband signal level then is adjusted to —28:,7
dBPaat the HFRP or the HATSHFRP (as defined in P. 581) and the spectrum is not altered.

7.4.5 Hand-Held hands-free UE sending

a) Thetest signal to be used for the measurements shall be the artificial voice according to ITU-Recommendation
P. 50 or a speech like test signal as described in ITU-T Recommendation P.501. The type of test signal used shall
be stated in the test report. The spectrum of acoustic signal produced by the artificial mouth is calibrated under
freefield conditions at the MRP. The test signal level shall be —4,7 dBPa, measured at the MRP. The test signal
level is averaged over the complete test signal sequence. The broadband signal level then is adjusted to —28:,7
dBPa at the HFRP or the HATSHFRP (as defined in P. 581) and the spectrum is not altered.

7.5.1 Connections with Handset UE

The sidetone path loss L st 85 expressed in dB shall be calculated from each band of the 14 frequencies given in table
1 of ITU-T Recommendation P.79, bands 4 to 17. The STMR (in dB) shall be calculated from the formula B-42-1 of
ITU-T Recommendation P.79, using m = 0;.225 and the weighting factorsin table B.23 of ITU-T Recommendation
P.79.

7.5.2 Headset UE

The sidetone path loss L st 85 expressed in dB shall be calculated from each band of the 14 frequencies given in table
1 of ITU-T Recommendation P.79, bands 4 to 17. The STMR (in dB) shall be calculated from the formula B-4 of 1TU-
T Recommendation P.79 [16], using m = 0,225 and the weighting factorsin Table 3B.2 of ITU-T Recommendation
P.79[16].

7.7.2 Acoustic echo control in a Hands-free UE

s(t) = Z [[A+ H am cos(2nt* f o )]* 005(271* foi )]

with A=05

fam =4 Hz, pam =05

foi= 250Hz * 20 i=1.11

CF=14dB +1 dB (10 dB + 4,26 dB due to 100% AM modulation)
CF = Crest Factor = Peak to RM S ratio

The training sequence level shall be —16 dBmO in order not to overload the codec. The test signal level shall be-10
dBmO. 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 length of the test signal shall be at least one second (1-,0 S).

Note:

Full scale of coder input signal correspondsto +3:,14 dBmO with sinusoidal signal, CF= 3dB. A test signal with a CF of
maximum 15 dB can thus have alevel of up to —8:,86 dBmO without overloading the codec. In order to get best
dynamic range the signal amplitude should be as high as possible.
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7.7.3 Acoustic echo control in a handset UE

V=3 A+, cosl2rt* 1, )]* cos(2rt * £, )

with A=05

fam =4 Hz, pam = 0:5

foi= 250Hz* 20® =111

CF=14dB +1 dB (10 dB + 4,26 dB dueto 100% AM modulation)
CF = Crest Factor = Peak to RMSratio

The training sequence level shall be—16 dBmO in order not to overload the codec. The test signal level shall be -10
dBmO. 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 length of the test signal shall be at least one second (1-,0 S).

7.7.4 Acoustic echo control in a headset UE

fam =4 Hz, pan = 0:,5

foi= 250Hz* 20® =111

CF=14dB +1 dB (10 dB + 4-,26 dB dueto 100% AM modulation)
CF = Crest Factor = Peak to RMSratio

The training sequence level shall be—16 dBmO in order not to overload the codec. The test signal level shall be -10
dBmO. 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 isreferred to the averaged test signal level
measured in each frequency band. The length of the test signal shall be at least one second (1-,0 S).

Note:

Full scale of coder input signal corresponds to +3:,14 dBm0 with sinusoidal signal, CF= 3dB. A test signal with a CF of
maximum 15 dB can thus have alevel of up to —8:,86 dBmO without overloading the codec. In order to get best
dynamic range the signal amplitude should be as high as possible.
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