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

3.2
Abbreviations

For the purposes of the present document, the following abbreviations apply:

ADC
Analogue to Digital Converter

DAC
Digital to Analogue Converter

DAI
Digital Audio Interface
DRP
Eardrum Reference Point
DTX
Discontinuous Transmission

EEC
Electrical Echo Control

EL
Echo Loss

ERP
Ear Reference Point

HATS
Head and Torso Simulator

LSTR
Listener Sidetone Rating

MRP
Mouth Reference Point

OLR
Overall Loudness Rating

PCM
Pulse Code Modulation

PDA
Personal Digital Assistant

POI
Point of Interconnection (with PSTN)

PSTN
Public Switched Telephone Network

RLR
Receive Loudness Rating

SLR
Send Loudness Rating

STMR
Sidetone Masking Rating

SS
System Simulator

TX
Transmission

UE
User Equipment

UPCMI
13-bit Uniform PCM Interface

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

5
Narrow-band telephony transmission performance

5.1
Applicability

The performance requirements in this sub-clause shall apply when UE is used to provide narrow-band telephony, either as a stand-alone service, or as part of a multimedia service.

5.2
Overall loss/loudness ratings

5.2.1
General

An international connection involving a 3G network and the PSTN should meet the overall loudness rating (OLR) limits in ITU-T Recommendation G.111. The national parts of the connection should therefore meet the send and receive loudness rating (SLR, RLR) limits in ITU-T Recommendation G.121.

For the case where digital routings are used to connect the 3G network to the international chain of circuits, the SLR and RLR of the national extension will be largely determined by the SLR and RLR of the 3G network. The limits given below are consistent with the national extension limits and long term objectives in ITU-T Recommendation G.121.

The SLR and RLR values for the 3G network 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 3G network introduces 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. However, in some cases loss adjustment may be needed for interworking situations in individual countries.

5.2.2
Connections with handset UE

The nominal values of SLR/RLR to the POI shall be:

SLR = 8 +/- 3 dB;

RLR = 2 +/- 3 dB.

Where a user controlled receiving volume control is provided, the RLR shall meet the selected nominal value for at least one setting of the control. When the control is set to maximum, the RLR shall not be less than (louder than) -13 dB.

With the volume control set to the minimum position the RLR shall not be greater than (quieter than) 18 dB. 

Compliance shall be checked by the relevant tests described in TS 26.132.

NOTE:
The mechanical design of some UE may make it impossible to seal the ear-piece to the knife edge of the ITU-T artificial ear. Minimal additional methods may be used to provide the seal provided that they do not affect the mounting position of the UE with respect to the Mouth Reference Point and the Ear Reference Point.

5.2.3
Connections with Desktop and Vehicle-mounted hands-free UE

The nominal values of SLR/RLR to/from the POI shall be:

SLR = 13 +/- 4 dB;

RLR = 2 +/- 4 dB (for vehicle-mounted hands-free UE)
RLR = 5 +/- 4 dB (for desktop hands-free UE)
Compliance shall be checked by the relevant tests described in TS 26.132.

1. 1.
In case of a vehicle-mounted hands-free :
Where a user controlled volume control is provided, the RLR shall meet the nominal value at one setting of the control. It is recommended that a volume control giving at least 15 dB increase from the nominal RLR (louder) is provided for hands-free units intended to work in the vehicle environment. This is to allow for the increased noise volume in a moving vehicle.
2.
In case of desktop hands-free:
Where a user controlled volume control is provided, the RLR shall meet the nominal value at one setting of the control. It is recommended that a volume control giving at least 15 dB increase from the nominal RLR (louder) is provided for hands-free units. This is to allow for the increased noise volume in a open enviroment.
RLR at maximum volume control setting  should less than (louder) or equal to -2 dB
NOTE:
The target value for nominal RLR, as recommended in ITU-T G.111 Annex B – Table B.1, lies between 1 and 3dB. The higher RLR requirement of 5dB for desktop hands-free is appreciative of the limitations in transducer output with current mobile form factors.








5.2.4
Connections with handheld hands-free UE

The nominal values of SLR/RLR to/from the POI shall be:

SLR = 13 +/- 4 dB;

RLR = 9 +9 / - 7 dB.

Compliance shall be checked by the relevant tests described in TS 26.132.

Where a user controlled volume control is provided, the RLR shall meet the nominal value at one setting of the control.
NOTE:
The target value for nominal RLR, as recommended in ITU-T G.111 Annex B – Table B.1, lies between 1 and 3dB. The higher RLR requirement of 9dB for handheld hands-free is appreciative of the limitations in transducer output with current mobile form factors.

5.2.5
Connections with headset UE


The nominal values of SLR/RLR to/from the POI shall be:

SLR = 8 +/- 3 dB;

RLR = 2 +/- 3 dB with any volume control set to mid position.

RLR (binaural headset) =  8 +/- 3 dB for each earphone 
Where a user controlled receiving volume control is provided, the RLR shall meet the selected nominal value for at least one setting of the control. When the control is set to maximum, the RLR shall not be less than (louder than) -13 dB. 

With the volume control set to the minimum position the RLR shall not be greater than (quieter than) 18 dB.


Compliance shall be checked by the relevant tests described in 3GPP TS 26.132.

5.3
Idle channel noise (handset and headset UE)

5.3.1
Sending

The maximum noise level produced by the apparatus at the output of the SS under silent conditions in the sending direction shall not exceed -64 dBm0p.
No peaks in the frequency domain higher than 10 dB above the average noise spectrum shall occur.
NOTE 1:
This level includes the eventual noise contribution of an acoustic echo canceller under the condition that no signal is received.

NOTE 2:
This figure applies to the wideband noise signal. It is recommended that the level of single frequency disturbances should be 10 dB lower (ITU-T Recommendation P.11).

Compliance shall be checked by the relevant test described in TS 26.132.

5.3.2
Receiving

The maximum (acoustic) noise level at the handset and headset UE when no signal is applied to the input of the SS shall be as follows:


If no user‑controlled receiving volume control is provided, or, if it is provided, at the setting of the user‑controlled receiving volume control at which the RLR is equal to the nominal value, the noise measured at the DRP with diffusefield correction contributed by the receiving equipment alone shall not exceed -57 dB Pa(A).


Where a volume control is provided, the measured noise shall also not exceed -54 dB Pa(A) at the maximum setting of the volume control.
No peaks in the frequency domain higher than 10 dB above the average noise spectrum should occur.
NOTE:
In a connection with the PSTN, noise conditions as described in ITU-T Recommendation G.103 can be expected at the input (POI) of the 3G network. The characteristics of this noise may be influenced by the speech transcoding process (for further study).

Compliance shall be checked by the relevant test described in 3GPP TS 26.132.

5.4
Sensitivity/frequency characteristics

5.4.1
Handset and headset UE sending


The sensitivity/frequency characteristics shall be as follows:

The sending sensitivity frequency response, measured either from the mouth reference point (MRP) to digital interface or from the MRP to the SS audio output (digital output of the reference speech decoder of the SS), shall be within a mask, which can be drawn between the points given in table 1. The mask is drawn with straight lines between the breaking points in table 1 on a logarithmic (frequency) - linear (dB sensitivity) scale.

Table 1: Sending sensitivity/frequency
	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	

	Frequency
	Upper Limit
	Lower Limit

	100 Hz
	-10 (Note 1)
	 

	300 Hz
	5
	-5

	3 400 Hz
	5
	-5

	4 000 Hz
	5
	

	NOTE 1:
The limits for intermediate frequencies lie on a straight line drawn between the given values on a linear (dB) - logarithmic (Hz) scale. All sensitivity values are expressed in dB on an arbitrary scale


Figure 1: Sending sensitivity/frequency mask
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Compliance shall be checked by the relevant test described in TS 26.132.

5.4.2
Handset and headset UE receiving


The sensitivity/frequency characteristics shall be as follows:

The receiving sensitivity frequency response, measured either from the digital interface to the DRP with diffusefield correction or from the SS audio input (analogue or digital input of the reference speech encoder of the SS) to the DRP with diffusefield correction, shall be within a mask, which can be drawn with straight lines between the breaking points in table 2 on a logarithmic (frequency) - linear (dB sensitivity) scale. The values in table 2 are provisional and are for further study.

Table 2: Normative values Receiving sensitivity/frequency for 8N
	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	


	Frequency 
	Upper Limit 8N
	Lower Limit 8N

	100 Hz
	5
	 

	300 Hz
	5
	-5

	
	
	

	
	
	

	3 400 Hz
	5
	-5

	4 000 Hz
	5
	 

	NOTE 1:
The limit curves shall be determined by straight lines joining successive co-ordinates given in the table, where frequency response is plotted on a linear dB scale against frequency on a logarithmic scale. All sensitivity values are expressed in dB on an arbitrary scale
NOTE 2:
The basis for the target frequency responses in send and receive is the orthotelefonic reference response which is measured between 2 subjects in 1 m distance under free field conditions and is assuming an ideal receive characteristic. This flat response characteristics is shown as the target curve. Under these conditions the overall frequency response shows a rising slope. In opposite to other standards the present document no longer uses the ERP as the reference point for receive but the diffuse field. With the concept of diffuse-field based receive measurements a rising slope for the overall frequency response is achieved by a flat target frequency response in send and a flat diffuse field based receive frequency response.




Figure 2: Normative values Receiving sensitivity/frequency mask for 8N
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The values stated in the Table 2a for 13N and 2N are listed for perfromacne objective purposes
Table 2a: Infromative values Receiving sensitivity/frequency mask for 13N and 2N
	Frequency 
	Upper Limit 13N
	Lower Limit 
13N
	Upper Limit 2N
	Lower Limit 
2N

	100 Hz
	6
	 
	11
	

	300 Hz
	6
	-6
	11
	-11

	1 500 Hz
	6
	-6
	11 
	-11 

	3 000 Hz
	6
	-6
	11 
	-8 

	3 400 Hz
	6
	-6
	11 
	-8 

	4 000 Hz
	6
	 
	11 
	

	NOTE 1:
The limit curves shall be determined by straight lines joining successive co-ordinates given in the table, where frequency response is plotted on a linear dB scale against frequency on a logarithmic scale. All sensitivity values are expressed in dB on an arbitrary scale
NOTE 2:
The basis for the target frequency responses in send and receive is the orthotelefonic reference response which is measured between 2 subjects in 1 m distance under free field conditions and is assuming an ideal receive characteristic. This flat response characteristics is shown as the target curve. Under these conditions the overall frequency response shows a rising slope. In opposite to other standards the present document no longer uses the ERP as the reference point for receive but the diffuse field. With the concept of diffuse-field based receive measurements a rising slope for the overall frequency response is achieved by a flat target frequency response in send and a flat diffuse field based receive frequency response.

NOTE 3:
With current technology it may be difficult or even not possible to achieve the desired frequency response characteristics for handsets with 2N application force.


Compliance shall be checked by the relevant test described in TS 26.132.

5.4.3
Desktop and Vehicle-mounted hands-free UE sending

The sending sensitivity frequency response from the MRP to the SS audio output (digital output of the reference speech decoder of the SS) shall be as follows:

The sending sensitivity frequency response shall be within the mask which can be drawn with straight lines between the breaking points in table 3 on a logarithmic (frequency) - linear (dB sensitivity) scale.

Table 3: Hands-free sending sensitivity/frequency response

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	

	Frequency (Hz)
	Upper limit
	Lower limit

	100
	‑8
	‑

	200
	0
	‑

	300
	0
	‑12

	1 000
	0
	‑6

	2 000
	4
	‑6

	3 000
	4
	‑6

	3 400
	4
	‑9

	4 000
	0
	

	NOTE:
All sensitivity values are expressed in dB on an arbitrary scale.


Figure 3: Hands-free sending sensitivity/frequency response mask
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Compliance shall be checked by the relevant test described in TS 26.132.

5.4.4
Desktop and Vehicle-mounted hands-free UE receiving

The receiving sensitivity frequency response from the SS audio input (analogue or digital input of the reference speech encoder of the SS) to the freefield shall be as follows:

The receiving sensitivity frequency response shall be within the mask which can be drawn with straight lines between the breaking points in table 4 on a logarithmic (frequency) - linear (dB sensitivity) scale.

Table 4: Hands-free receiving sensitivity/frequency response

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	

	Frequency (Hz)
	Upper limit
	Lower limit

	200
	6
	

	250
	6
	

	315
	6
	-9

	400
	6
	-6

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	3 100
	6
	-6

	4 000
	6
	

	NOTE:
All sensitivity values are expressed in dB on an arbitrary scale.


Figure 4: Hands-free receiving sensitivity/frequency response mask
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Compliance shall be checked by the relevant test described in TS 26.132.

5.4.5
Handheld hands-free UE sending

The sending sensitivity frequency response from the MRP to the SS audio output (digital output of the reference speech decoder of the SS) shall be as follows:

The sending sensitivity frequency response shall be within the mask which can be drawn with straight lines between the breaking points in table 5 on a logarithmic (frequency) - linear (dB sensitivity) scale.

Table 5: Hands-free sending sensitivity/frequency response

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	

	Frequency (Hz)
	Upper limit
	Lower limit

	200
	6
	

	
	
	

	
	
	

	
	
	

	500
	6
	-9

	630
	6
	-6

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	3 100
	6
	‑6

	4 000
	6
	-

	NOTE:
All sensitivity values are expressed in dB on an arbitrary scale.


Figure 5: Hands-free sending sensitivity/frequency response mask
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Compliance shall be checked by the relevant test described in TS 26.132.
5.4.6
Handheld hands-free UE receiving

The receiving sensitivity frequency response from the SS audio input (analogue or digital input of the reference speech encoder of the SS) to the freefield shall be as follows:

The receiving sensitivity frequency response shall be within the mask which can be drawn with straight lines between the breaking points in table 6 on a logarithmic (frequency) - linear (dB sensitivity) scale.

Table 6: Hands-free receiving sensitivity/frequency response

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	

	Frequency (Hz)
	Upper limit
	Lower limit

	200
	6
	

	
	
	

	
	
	

	
	
	

	500
	6
	

	630
	6
	-6 Note 2


	800
	6
	‑6

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	3 100
	6
	‑6

	4 000
	6
	-

	NOTE 1:
All sensitivity values are expressed in dB on an arbitrary scale.
NOTE 2:
The values stated in the Table 6 .for 630 Hz is listed for perfromacne objective purposes. (not mandatory)



Figure 6: Hands-free receiving sensitivity/frequency response mask
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Compliance shall be checked by the relevant test described in TS 26.132.

5.5
Sidetone characteristics (handset and headset UE)

5.5.1
Sidetone loss

If the HATS method is used as described in 3GPP TS 26.132, then the talker sidetone masking rating (STMR) shall be 18 dB ± 5 dB for nominal setting of the volume control. For all other positions of the volume control, the STMR must not be below 8 dB.

Compliance shall be checked by the relevant test described in 3GPP TS 26.132.

NOTE:
Where a user controlled receiving volume control is provided , it is recommended that the sidetone loss is independent of the volume control setting.

NOTE:
In case of a binaural headset UE where both ear canals are blocked (such as for some headsets of insert type), it is recommended to provide a sidetone path in the terminal.

5.6
Stability loss

The stability loss presented to the PSTN by the 3G network at the POI should meet the principles of the requirements in clauses 2 and 3 of ITU-T Recommendation G.122. These requirements will be met if the attenuation between the digital input and digital output at the POI is at least 6 dB at all frequencies in the range 200 Hz to 4 kHz under the worst case acoustic conditions at the UE (any acoustic echo control should be enabled). For the normal case of digital connection between the Air Interface and the POI, the stability requirement can be applied at the Air Interface. 

The worst case acoustic conditions will be as follows (with any volume control set to maximum):

Handset UE:
the handset lying on, and the transducers facing, a hard surface with the ear-piece uncapped
.

Headset UE:   
for further study

Handsfree UE:
no requirement other than echo loss.

NOTE: The test procedure must take into account the switching effects of echo control and discontinuous transmission (DTX).

5.7
Acoustic echo control

5.7.1
General


The echo loss (EL) presented by the 3G network at the POI should be ≥ 55 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. 

The use of acoustic echo control is not mandated for 3G networks and the connection between the UE and the POI is zero loss. Therefore the acoustic echo control provided in UE should provide a TCLw of ≥ 55 dB at the POI over the likely range of acoustic end delays. 

NOTE:
A TCLw value of 50 dB is a value currently observed and a value of 55 dB is an achievable value with proper design. It has been noted that residual echo may be perceived even with TCLw higher than 50 dB.
If acoustic echo control is provided by voice switching, comfort noise should be injected. This comfort noise shall operate in the same way to that used in DTX. 

5.7.2
Acoustic echo control in an Desktop and Vehicle-mounted hands-free UE

The TCLw for the desktop and vehicle-mounted hands-free UE shall be ≥ 46 dB. for any setting of the volume control..
The TCLw for the desktop hands-free UE shall be ≥ 50 dB when measured under free field conditions at nominal setting of volume control. 
NOTE:
A TCLw for the desktop hands-free UE of ≥ 55 dB is a perfromance objective when measured under freefield conditions at nominal setting of volume control.


If acoustic echo control is provided using some form of echo cancellation technique, the cancellation algorithm should be designed to cope with the expected reverberation and dispersion. In the case of the hands-free UE, this reverberation and dispersion may be time variant. Compliance with this requirement shall be checked by the relevant test described in TS 26.132.

5.7.3
Acoustic echo control in an handheld hands-free UE


The TCLw for handheld hands-free UE shall be ≥ 46 dB for any setting of the volume control.
The TCLw for handheld hands-free UE should be ≥ 50 dB at nominal setting of volume control.
NOTE:
A TCLw for the handheld hands-free UE of ≥ 55 dB is a perfromance objective when measured under freefield conditions at nominal setting of volume control.


If acoustic echo control is provided using some form of echo cancellation technique, the cancellation algorithm should be designed to cope with the expected reverberation and dispersion. In the case of the hands-free UE, this reverberation and dispersion may be time variant. Compliance with this requirement shall be checked by the relevant test described in TS 26.132.

5.7.4
Acoustic echo control in a handset UE

The TCLw for handset UE shall be ≥ 46 dB for any setting of the volume control.
The TCLw for handset UE shall be ≥ 55 dB at nominal setting of volume control.

The volume control shall be set back to nominal after each call unless TCLw ≥ 55 dB can be maintained also with maximum volume setting.

Careful acoustic design of the handset body and selection of the mouth and ear piece transducers may facilitate the required acoustic echo loss without the need for active echo control techniques. However, should echo cancellation be employed the echo canceller should be capable of dealing with the variations in handset positions when in normal use. The implications of this are under study. Compliance with this requirement shall be checked by the relevant test described in TS 26.132.

5.7.5
Acoustic echo control in a headset UE

The TCLw for headset UE shall be ≥ 46 dB for any setting of the volume control.

The TCLw for headset UE shall be ≥ 55 dB at nominal setting of volume control.
The volume control shall be set back to nominal after each call unless TCLw ≥ 55 dB can be maintained also with maximum volume setting.
Due to the obstacle effect of the head in this type of terminal, careful design might mean that no active echo control is necessary.

If acoustic echo control is provided using some form of echo cancellation technique, the cancellation algorithm should be designed to cope with the expected reverberation and dispersion. Compliance with this requirement shall be checked by the relevant test described in TS 26.132.
5.8
Distortion
5.8.1
Sending Distortion

The sending part shall meet the following distortion requirements:

NOTE 1:
Digital signal processing other than the transcoder itself is included in this requirement (e.g. echo cancelling).

Distortion shall be measured between MRP and the SS audio output (output of the reference speech decoder of the SS). The ratio of signal‑to‑total distortion power measured with the proper noise weighting (see table 4 of ITU‑T Recommendation G.223) shall be above the limits given in table 7.

Table 7: Limits for signal‑to‑total distortion ratio

	Sending level

(dBPa at the MRP)
	Sending Ratio (dB)

	+5
	30

	0
	35

	-4,7
	35

	-10
	33

	-15
	30

	-20
	27


Limits for intermediate levels are found by drawing straight lines between the breaking points in the table on a linear (dB signal level) ‑ linear (dB ratio) scale.

Compliance of the sending distortion shall be checked by the test described in TS 26.132.

NOTE 2:
It should be ensured that the test signal is treated by speech processing algorithms as a speech-like signal, and not a noise-like signal.  Test signals with a time-stationary envelope may be treated by certain algorithms, e.g. noise suppression algorithms defined in 3GPP TS 06.77 R99[16], as a noise-like signal. If speech processing algorithms, including but not limited to noise suppression algorithms, are shown to treat the test signal as a noise-like signal, even where an activation signal has been utilized, then the test should be repeated with said speech processing algorithms disabled. The results of both sets of tests and the state of the processing algorithms should be documented in the test report.
5.8.2
Receiving distortion in handset and headset UE
The receiving part between the SS audio input (input of the reference speech encoder of the SS) and DRP with diffusefield correction shall meet the requirements at the nominal setting of the volume control:

The ratio of signal‑to‑total distortion power measured with the proper noise weighting (see table 4 of ITU-T Recommendation G.223) shall be above the limits given in table 8 when the sound pressure at ERP is up to +10 dBPa. For sound pressures exceeding +10 dBPa at the ERP there is no distortion requirement.

Table 8: Limits for signal‑to‑total distortion ratio

	Receiving level at the digital interface (dBm0)
	Receiving Ratio (dB)

	0
	25,5

	-3
	31,2

	-10
	33,5

	‑20
	33,0

	-30
	30,5

	-40 (*)
	22,5 (*)

	-45 (*)
	17,5 (*)

	(*) Note: For levels -40 and -45 dBm0, the stated limits are recommendations; hence a lower signal-to-distortion ratio shall not be regarded as a failing result. However, the obtained results shall be reported.


Limits for intermediate levels are found by drawing straight lines between the breaking points in the table on a linear (dB signal level) ‑ linear (dB ratio) scale.

Compliance of the receiving distortion shall be checked by the appropriate test method in TS 26.132.

NOTE 1:
It should be ensured that the test signal is treated by speech processing algorithms as a speech-like signal, and not a noise-like signal.  Test signals with a time-stationary envelope may be treated by certain algorithms, e.g. noise suppression algorithms defined in 3GPP TS 06.77 R99[16], as a noise-like signal. If speech processing algorithms, including but not limited to noise suppression algorithms, are shown to treat the test signal as a noise-like signal, even where an activation signal has been utilized, then the test should be repeated with said speech processing algorithms disabled. The results of both sets of tests and the state of the processing algorithms should be documented in the test report.
5.8.3
Receiving Distortion in hands-free UE

The receiving part between the SS audio input (input of the reference speech encoder of the SS) and  freefield shall meet the requirements at the nominal setting of the volume control:

The ratio of signal‑to‑total distortion is measured.
Table 8a: Limits for signal‑to‑total distortion ratio

	Frequency
	Signal to distortion ratio limit, receive for vehicle mounted or desktop terminal at nominal volume
	Signal to distortion ratio limit, receive for handheld terminal at nominal volume
	Signal to distortion ratio limit, receive for all terminals at maximum volume

	315 Hz
	26
	
	

	400 Hz
	30
	
	

	500 Hz
	30
	20
	

	800 Hz
	30
	30
	20 

	1 kHz
	30
	30
	

	NOTE:
The limits for intermediate frequencies lie on a straight line drawn between the given values on a linear (dB) - logarithmic (kHz) scale.


Compliance of the receiving distortion shall be checked by the appropriate test method in TS 26.132.
NOTE 1:
It should be ensured that the test signal is treated by speech processing algorithms as a speech-like signal, and not a noise-like signal.  Test signals with a time-stationary envelope may be treated by certain algorithms, e.g. noise suppression algorithms defined in 3GPP TS 06.77 R99[16], as a noise-like signal. If speech processing algorithms, including but not limited to noise suppression algorithms, are shown to treat the test signal as a noise-like signal, even where an activation signal has been utilized, then the test should be repeated with said speech processing algorithms disabled. The results of both sets of tests and the state of the processing algorithms should be documented in the test report.
5.9
Ambient Noise Rejection

Handset and Headset UE:

The nature of mobile telephony is such that the UE will typically be operated in high ambient acoustic noise. Due to the adverse interaction of noise signals with speech codecs operating at lower rates, for example 8kbit/s or less, a minimum noise rejection specification is required.
The UE ambient noise rejection ANR, calculated as a Single Figure DELSM (SFDELSM) shall be greater than or equal to the nominal value of 0dB. Due to the uncertainty inherent in the measurement method for ANR, a 3dB tolerance is allowed on the nominal value. 

For good performance, it is recommended that a figure of +3 dB should be achieved.

Compliance shall be checked by the relevant test described in 3GPP TS 26.132.

Hands-free UE (all categories):

No requirement in hands-free operations.
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NOTE 1:
Includes DTX functionality.
NOTE 2:
Connection to PSTN should include electrical echo control (EEC).

Figure 1: 3G Interfaces for specification and testing of terminal narrow-band acoustic characteristics 

5.10
Information on other Parameters (not normative)

Information about additional parameters relevant to speech quality e.g. for terminals where signal processing is used can be found in ITU-T Recommendations P.340, P.501 and P.502.

6 
Wideband telephony transmission performance

6.1
Applicability

The performance requirements in this sub-clause shall apply when UE is used to provide wideband telephony, either as a stand-alone service, or as part of a multimedia service.  The requirements in the clause apply only when the far-end terminal is also providing wideband, and not narrow-band telephony.  When a wideband-enabled terminal is providing narrow-band telephony, the requirements in clause 5, "narrow-band telephony transmission performance" shall apply.

6.2
Overall loss/loudness ratings

6.2.1
General

An international connection involving a 3G network and the PSTN should meet the overall loudness rating (OLR) limits in ITU-T Recommendation G.111. The national parts of the connection should therefore meet the send and receive loudness rating (SLR, RLR) limits in ITU-T Recommendation G.121.

For the case where digital routings are used to connect the 3G network to the international chain of circuits, the SLR and RLR of the national extension will be largely determined by the SLR and RLR of the 3G network. The limits given below are consistent with the national extension limits and long term objectives in ITU-T Recommendation G.121.

The SLR and RLR values for the 3G network 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 3G network introduces 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. However, in some cases loss adjustment may be needed for interworking situations in individual countries.

Requirements for wideband telephony are based on ITU-T Recommendations P. 311, for handset user-equipment, and ITU-T Recommendation P. 341 for hands-free user-equipment.

6.2.2
Connections with handset UE

The nominal values of SLR/RLR to the POI shall be:

SLR = 8 +/- 3 dB;

RLR = 2 +/- 3 dB.

Where a user controlled receiving volume control is provided, the RLR shall meet the selected nominal value for at least one setting of the control. When the control is set to maximum, the RLR shall not be less than (louder than) -13 dB.

With the volume control set to the minimum position the RLR shall not be greater than (quieter than) 18 dB. 

Compliance shall be checked by the relevant tests described in TS 26.132.

6.2.3
Connections with Desktop and Vehicle-mounted hands-free UE

The nominal values of SLR/RLR to/from the POI shall be:

SLR = 13 +/- 4 dB;

RLR = 2 +/- 4 dB dB (for vehicle mounted hands-free UE)

RLR = 5 +/- 4 dB (for Desktop hands-free UE)
1.
In case of a vehicle mounted hands-free :
Where a user controlled volume control is provided, the RLR shall meet the nominal value at one setting of the control. It is recommended that a volume control giving at least 15 dB increase from the nominal RLR (louder) is provided for hands-free units intended to work in the vehicle environment. This is to allow for the increased noise volume in a moving vehicle.

2.
In case of Desktop hands-free:
Where a user controlled volume control is provided, the RLR shall meet the nominal value at one setting of the control. It is recommended that a volume control giving at least 15 dB increase from the nominal RLR (louder) is provided for hands-free units. This is to allow for the increased noise volume in a open enviroment.
RLR at maximum volume control setting should ≤ (louder) to -2 dB

Compliance shall be checked by the relevant tests described in TS 26.132.

6.2.4
Connections with handheld hands-free UE

The nominal values of SLR/RLR to/from the POI shall be:

SLR = 13 +/- 4 dB;

RLR =   9 +9 / - 7 dB.

Where a user controlled volume control is provided, the RLR shall meet the selected nominal value for at least one setting of the control. 

The value of RLR at maximum volume control shall be ≤ (louder) to  2 dB. 
Where a user controlled volume control is provided, the RLR shall meet the nominal value at one setting of the control. It is recommended that a volume control is giving at least 15 dB of control range.
Compliance shall be checked by the relevant tests described in TS 26.132.

6.2.5
Connections with headset UE

The SLR and RLR should be measured and computed using methods given in ITU-T Recommendation P.38. This Recommendation currently gives a measuring technique for supra-aural earphone and insert type receivers. Study is continuing on other types of ear-pieces in ITU-T Study Group 12

The nominal values of SLR/RLR to/from the POI shall be:

SLR = 8 +/- 3 dB;

RLR = 2 +/- 3 dB

RLR (binaural headset) = 8 +/- 3 dB for each earphone

Where a user controlled receiving volume control is provided, the RLR shall meet the selected nominal value for at least one setting of the control. When the control is set to maximum, the RLR shall not be less than (louder than) -13 dB.
With the volume control set to the minimum position the RLR shall not be ≥ (quieter than) 18 dB
 and shall not be ≥  (quieter than) 24 dB for binaural headset.
6.3
Idle channel noise (handset and headset UE)

6.3.1
Sending

The maximum noise level produced by the apparatus at the output of the SS under silent conditions in the sending direction shall not exceed -64 dBm0(A
).
No peaks in the frequency domain higher than 10 dB above the average noise spectrum shall occur
. 
NOTE 1:
This level includes the eventual noise contribution of an acoustic echo canceller under the condition that no signal is received.

NOTE 2:
This figure applies to the wideband noise signal. It is recommended that the level of single frequency disturbances should be 10 dB lower (ITU-T Recommendation P.11).

Compliance shall be checked by the relevant test described in TS 26.132.

6.3.2
Receiving

6.3.2.1
Receiving: total noise level

The maximum (acoustic) noise level at the handset and headset UE when no signal is transmitted to the input of the SS shall be as follows:


If no user‑controlled receiving volume control is provided, or, if it is provided, at the setting of the user‑controlled receiving volume control at which the RLR is equal to the nominal value, the noise measured at DRP with diffuse field correction  contributed by the receiving equipment alone shall not exceed -57 dBPa(A).


Where a volume control is provided, the measured noise shall also not exceed -54 dBPa(A) at the maximum setting of the volume control.
No peaks in the frequency domain higher than 10 dB above the average noise spectrum should occur.
NOTE:
In a connection with the PSTN, noise conditions as described in ITU-T Recommendation G.103 can be expected at the input (POI) of the 3G network. The characteristics of this noise may be influenced by the speech transcoding process (for further study).

Compliance shall be checked by the relevant test described in TS 26.132.




6.4
Sensitivity/frequency characteristics

In general it is recommended for all configurations to have a flat sending frequency response.

6.4.1
Handset and headset UE sending

The sensitivity/frequency characteristics shall be as follows:

The sending sensitivity frequency response, measured either from the mouth reference point (MRP) to digital interface or from the MRP to the SS audio output (digital output of the reference speech decoder of the SS), shall be within a mask, which can be drawn between the points given in table 9. The mask is drawn with straight lines between the breaking points in table 1 on a logarithmic (frequency) - linear (dB sensitivity) scale.

Table 9: Sending sensitivity/frequency
	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	

	Handset-Headset send sensitivity/frequency responseFrequency (Hz)
	Upper limit
	Lower limit

	100
	0
	

	200
	5
	-5

	1 500
	5
	-5

	5 000
	5
	-5

	6 300
	5
	-10

	8 000
	5
	

	NOTE:
All sensitivity values are expressed in dB on an arbitrary scale.


Figure 9: Sending sensitivity/frequency mask
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Compliance shall be checked by the relevant test described in TS 26.132.

6.4.2
Handset and headset UE receiving

The sensitivity/frequency characteristics shall be as follows:

The receiving sensitivity frequency response, measured either from the digital interface to the DRP with diffusefield correction  or from the SS audio input (analogue or digital input of the reference speech encoder of the SS) to theDRP with diffusefield correction, shall be within a mask, which can be drawn with straight lines between the breaking points in table 10 on a logarithmic (frequency) - linear (dB sensitivity) scale. 

Table 10: Normative values Receiving sensitivity/frequency for 8N
	
	

	


	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	



	Frequency
	Upper8N
	Lower8N

	100 Hz
	3
	 

	200 Hz
	3
	

	300 Hz
	3
	-5

	400 Hz
	3
	-5

	1 000 Hz
	
	-5

	1 200H Hz
	
	-8

	1 500 Hz
	
	-8

	2 000 Hz
	9
	-3

	3 200 Hz
	
	-3

	3 400 Hz
	9
	

	4 000 Hz
	9
	

	5 000 Hz
	9
	

	6 300 Hz
	9
	

	7 000 Hz
	
	-13

	8 000 Hz
	9
	

	NOTE 1:
The limit curves shall be determined by straight lines joining successive co-ordinates given in the table, where frequency response is plotted on a linear dB scale against frequency on a logarithmic scale is a floating or 'best fit' mask.

NOTE 2:
The basis for the target frequency responses in send and receive is the orthotelefonic reference response which is measured between 2 subjects in 1 m distance under free field conditions and is assuming an ideal receive characteristic. This flat response characteristic is shown as the target curve. Under these conditions the overall frequency response shows a rising slope. In opposite to other standards the present document no longer uses the ERP as the reference point for receive but the diffuse-field. With the concept of diffuse-field based receive measurements a rising slope for the overall frequency response is achieved by a flat target frequency response in send and a flat diffuse-field based receive frequency response.

NOTE 3:
With current technology it may be difficult or even not possible to achieve the desired frequency response characteristics for handsets with 2N application force.


Figure 10: Normative values Receiving sensitivity/frequency mask for 8N
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The values stated in the Table 2a for 13N and 2N are listed for perfromacne objective purposes

Table 10a: Infromative values Receiving sensitivity/frequency mask for 13N and 2N
	Frequency
	Upper13N
	Lower13N
	Upper 2N
	Lower 2N

	100 Hz
	6
	 
	3
	

	200 Hz
	6
	
	3
	

	300 Hz
	6
	-5
	3
	-10

	400 Hz
	
	
	3
	-8

	1 000 Hz
	
	-5
	
	

	1 200H Hz
	6
	-8
	
	

	1 500 Hz
	
	-8
	
	-8

	2 000 Hz
	9
	-3
	9
	-3

	3 200 Hz
	
	-3
	9
	-3

	3 400 Hz
	9
	
	9
	

	4 000 Hz
	9
	
	9
	

	5 000 Hz
	9
	
	9
	

	6 300 Hz
	9
	
	9
	

	7 000 Hz
	
	-13
	9
	-13

	8 000 Hz
	9
	
	9
	

	NOTE 1:
The limit curves shall be determined by straight lines joining successive co-ordinates given in the table, where frequency response is plotted on a linear dB scale against frequency on a logarithmic scale is a floating or 'best fit' mask.

NOTE 2:
The basis for the target frequency responses in send and receive is the orthotelefonic reference response which is measured between 2 subjects in 1 m distance under free field conditions and is assuming an ideal receive characteristic. This flat response characteristic is shown as the target curve. Under these conditions the overall frequency response shows a rising slope. In opposite to other standards the present document no longer uses the ERP as the reference point for receive but the diffuse-field. With the concept of diffuse-field based receive measurements a rising slope for the overall frequency response is achieved by a flat target frequency response in send and a flat diffuse-field based receive frequency response.

NOTE 3:
With current technology it may be difficult or even not possible to achieve the desired frequency response characteristics for handsets with 2N application force.


Compliance shall be checked by the relevant test described in TS 26.132.

6.4.3
Desktop and Vehicle-mounted hands-free UE sending

The sending sensitivity frequency response from the MRP to the SS audio output (digital output of the reference speech decoder of the SS) shall be as follows:

The sending sensitivity frequency response shall be within the mask which can be drawn with straight lines between the breaking points in table 11 on a logarithmic (frequency) - linear (dB sensitivity) scale.

Table 11: Desktop and Vehicle-mounted hands-free sending sensitivity/frequency response

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	

	Frequency
	Upper limit
	Lower limit

	100 Hz
	4
	

	125 Hz
	4
	-10

	200 Hz
	4
	-4

	1 000 Hz
	4
	-4

	5 000 Hz
	(see note)
	-4

	6 300 Hz
	9
	-7

	8 000 Hz
	9
	

	NOTE:
The limits for intermediate frequencies lie on a straight line drawn between the given values on a linear (dB) - logarithmic (Hz) scale.


Figure 11: Desktop and Vehicle-mounted hands-free sending sensitivity/frequency response mask
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Compliance shall be checked by the relevant test described in TS 26.132.

6.4.4
Desktop and Vehicle-mounted hands-free UE receiving

The receiving sensitivity frequency response from the SS audio input (analogue or digital input of the reference speech encoder of the SS) to the freefield shall be as follows:

The receiving sensitivity frequency response shall be within the mask which can be drawn with straight lines between the breaking points in table 12 on a logarithmic (frequency) - linear (dB sensitivity) scale.

Table 12: Hands-free receiving sensitivity/frequency response

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	Frequency

Upper limit

Lower limit

125 Hz

8

200 Hz

8
-12
250 Hz

8
-9
315 Hz

7
-6
400 Hz

6
-6
5 000 Hz

6
-6
6 300 Hz

6
-9
8 000 Hz

6
-
NOTE:
All sensitivity values are expressed in dB on an arbitrary scale.


Figure 12: Hands-free receiving sensitivity/frequency response mask
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It is recommended that the receiving sensitivity frequency response be within the mask which can be drawn with straight lines between the breaking points in table 12.a on a logarithmic (frequency) - linear (dB sensitivity) scale.

Table 12.a: Performance objective for hands-free receiving sensitivity/frequency response
	Frequency (Hz)
	Upper limit
	Lower limit 

	100
	0
	

	200
	0
	-18

	250
	0
	-15

	315
	0
	‑12

	400
	0
	‑12

	500
	0
	‑12

	630
	0
	‑12

	800
	0
	‑12

	1 000
	0
	‑12

	1 300
	0
	‑12

	1 600
	0
	‑12

	2 000
	0
	‑12

	2 500
	0
	‑12

	6 300
	0
	-12

	8 000
	0
	


Compliance shall be checked by the relevant test described in TS 26.132.

6.4.5
Handheld hands-free UE sending

The sending sensitivity frequency response from the MRP to the SS audio output (digital output of the reference speech decoder of the SS) shall be as follows:

The sending sensitivity frequency response shall be within the mask which can be drawn with straight lines between the breaking points in table 13 on a logarithmic (frequency) - linear (dB sensitivity) scale.

Table 13: Handheld hands-free sending sensitivity/frequency response

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	

	Frequency
	Upper limit
	Lower limit

	100 Hz
	4 
	

	125 Hz
	4
	-10

	200 Hz
	4
	-4

	1 000 Hz
	4
	-4

	5 000 Hz
	(see note)
	-4

	6 300 Hz
	9
	-7

	8 000 Hz
	9
	

	NOTE:
The limits for intermediate frequencies lie on a straight line drawn between the given values on a linear (dB) - logarithmic (Hz) scale.


Figure 13: Handheld hands-free sending sensitivity/frequency response mask
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Compliance shall be checked by the relevant test described in TS 26.132.
6.4.6
Handheld hands-free UE receiving

The receiving sensitivity frequency response from the SS audio input (analogue or digital input of the reference speech encoder of the SS) to the freefield shall be as follows:

The receiving sensitivity frequency response shall be within the mask which can be drawn with straight lines between the breaking points in table 14 on a logarithmic (frequency) - linear (dB sensitivity) scale.

Table 14: Hands-free receiving sensitivity/frequency response

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	
	
	

	


	Frequency
	Upper limit
	Lower limit

	200 Hz
	6
	

	250 Hz
	6
	

	315 Hz
	6
	

	400 Hz
	6
	-12

	500 Hz
	6
	-6

	4 000 Hz
	6
	-6

	5 000 Hz
	6
	-9

	6 300 Hz
	6
	-12

	7 000 Hz
	6
	

	8 000 Hz
	6
	

	NOTE:
The limits for intermediate frequencies lie on a straight line drawn between the given values on a linear (dB) - logarithmic (Hz) scale.


Figure 14: Hands-free receiving sensitivity/frequency response mask
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It is recommended that the receiving sensitivity frequency response be within the mask which can be drawn with straight lines between the breaking points in table 14.a on a logarithmic (frequency) - linear (dB sensitivity) scale.

Table 14.a: Performance objective for hands-free receiving sensitivity/frequency response

	Frequency (Hz)
	Upper limit
	Lower limit

	315 Hz
	0
	

	400 Hz
	0
	-18

	500 Hz
	0
	-12

	630 Hz
	0
	-12

	800 Hz
	0
	-12

	4 000 Hz
	0
	-12

	5 000 Hz
	0
	-15

	6 300 Hz
	0
	-18

	7 000 Hz
	0
	

	8 000 Hz
	0
	


Figure 14.a: Performance objective for hands-free receiving sensitivity/frequency response mask
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Compliance shall be checked by the relevant test described in TS 26.132.

6.5
Sidetone characteristics (handset and headset UE)

6.5.1
Sidetone loss

The HATS method is used as described in 3GPP TS 26.132. The talker sidetone masking rating (STMR) shall be 18 dB ± 5 dB for nominal setting of the volume control. For all other positions of the volume control, the STMR must not be below 8 dB.

Compliance shall be checked by the relevant test described in TS 26.132.

NOTE:
Where a user controlled receiving volume control is provided , it is recommended that the sidetone loss is independent of the volume control setting.

NOTE:
In case of a binaural headset UE where both ear canals are blocked (such as for some headsets of insert type), it is recommended to provide a sidetone path in the terminal.

6.5.2
Sidetone delay

It is recommended that the maximum sidetone delay be less than 5 ms, measured in an echo-free setup.

Compliance shall be checked by the relevant test described in TS 26.132.

6.6
Stability loss

The stability loss presented to the PSTN by the 3G network at the POI should meet the principles of the requirements in clauses 2 and 3 of ITU-T Recommendation G.122. These requirements will be met if the attenuation between the digital input and digital output at the POI is at least 6 dB at all frequencies in the range 100 Hz to 8 kHz under the worst case acoustic conditions at the UE (any acoustic echo control should be enabled). For the normal case of digital connection between the Air Interface and the POI, the stability requirement can be applied at the Air Interface. 

The worst case acoustic conditions will be as follows (with any volume control set to maximum):

Handset UE:
the handset lying on, and the transducers facing, a hard surface with the ear-piece uncapped.

Headset UE:
for further study

Handsfree UE:
no requirement other than echo loss.

NOTE: The test procedure must take into account the switching effects of echo control and discontinuous transmission (DTX).

6.7
Acoustic echo control

6.7.1
General

The echo loss (EL) presented by the 3G network at the POI should be  ≥  55 dB during single talk. This value takes into account the fact that UE is likely to be used in connections with high transmission delay and a wide range of noise environments. 

The use of acoustic echo control is not mandated for 3G networks and the connection between the UE and the POI is zero loss. Therefore the acoustic echo control provided in UE should provide a TCLw of  ≥ 55 dB at the POI over the likely range of acoustic end delays. 

If acoustic echo control is provided by voice switching, comfort noise should be injected. This comfort noise shall operate in the same way to that used in DTX. 

6.7.2
Acoustic echo control in an Desktop and Vehicle-mounted hands-free UE

The TCLw for the desktop and vehicle-mounted hands-free UE shall be ≥ 46 dB. for any setting of the volume control..
The TCLw for the desktop hands-free UE shall be ≥ 50 dB when measured under free field conditions at nominal setting of volume control. 
NOTE:
A TCLw for the desktop hands-free UE of ≥ 55 dB is a perfromance objective when measured under freefield conditions at nominal setting of volume control.


If acoustic echo control is provided using some form of echo cancellation technique, the cancellation algorithm should be designed to cope with the expected reverberation and dispersion. In the case of the hands-free UE, this reverberation and dispersion may be time variant. Compliance with this requirement shall be checked by the relevant test described in TS 26.132.

6.7.3
Acoustic echo control in an handheld hands-free UE

The TCLw for handheld hands-free UE shall be ≥ 46 dB for any setting of the volume control.

The TCLw for handheld hands-free UE shall be ≥ 50 dB at nominal setting of volume control.
NOTE:
A TCLw for the handheld hands-free UE of ≥ 55 dB is a perfromance objective when measured under freefield conditions at nominal setting of volume control.



If acoustic echo control is provided using some form of echo cancellation technique, the cancellation algorithm should be designed to cope with the expected reverberation and dispersion. In the case of the hands-free UE, this reverberation and dispersion may be time variant. Compliance with this requirement shall be checked by the relevant test described in TS 26.132.

6.7.4
Acoustic echo control in a handset UE


The TCLw for handset UE shall be ≥ 46 dB for any setting of the volume control.

The TCLw for handset UE shall be ≥ 55 dB at nominal setting of volume control.
With the volume control set to maximum TCLw shall be ≥55 dB. The volume control shall be set back to nominal after each call unless TCLw ≥ 55 dB can be maintained also with maximum volume setting.
Careful acoustic design of the handset body and selection of the mouth and ear piece transducers may facilitate the required acoustic echo loss without the need for active echo control techniques. However, should echo cancellation be employed the echo canceller should be capable of dealing with the variations in handset positions when in normal use. The implications of this are under study. Compliance with this requirement shall be checked by the relevant test described in TS 26.132.

6.7.5
Acoustic echo control in a headset UE


The TCLw for headset UE shall be ≥ 46 dB for any setting of the volume control.

The TCLw for headset UE shall be ≥ 55 dB at nominal setting of volume control.

The volume control shall be set back to nominal after each call unless TCLw ≥ 55 dB can be maintained also with maximum volume setting.
 Due to the obstacle effect of the head in this type of terminal, careful design might mean that no active echo control is necessary.
If acoustic echo control is provided using some form of echo cancellation technique, the cancellation algorithm should be designed to cope with the expected reverberation and dispersion. Compliance with this requirement shall be checked by the relevant test described in TS 26.132.
6.8
Distortion 

6.8.1
Sending Distortion

The sending part shall meet the following distortion requirements:

NOTE 1:
Digital signal processing other than the transcoder itself is included in this requirement (e.g. echo cancelling).

Distortion shall be measured between MRP and the SS audio output (output of the reference speech decoder of the SS). The ratio of signal‑to‑total distortion power measured with the proper noise weighting (see table 4 of ITU‑T Recommendation G.223) shall be above the limits given in table 15.

NOTE 2: Frequencies from 315 Hz to 816 Hz do not apply to the hands-free UE case, but only to handset and headset UE.

Table 15: Limits for signal‑to‑total distortion ratio

	Frequency
	Sending level

(dBPa at the MRP)
	Sending Ratio (dB)

	315 Hz
	-4,7
	28

	408 Hz
	-4,7
	32

	510 Hz
	-4,7
	32

	816 Hz
	-4,7
	32

	1020 Hz
	+5

0

-4,7

-10

-15

-20
	30

35

35

33

30

27


Limits for intermediate levels are found by drawing straight lines between the breaking points in the table on a linear (dB signal level) ‑ linear (dB ratio) scale.

Compliance of the sending distortion shall be checked by the test described in TS 26.132.

NOTE 3:
It should be ensured that the test signal is treated by speech processing algorithms as a speech-like signal, and not a noise-like signal.  Test signals with a time-stationary envelope may be treated by certain algorithms, e.g. noise suppression algorithms defined in 3GPP TS 06.77 R99[16], as a noise-like signal.

6.8.2
Receiving distortion in handset and headset UE

The receiving part between the SS audio input (input of the reference speech encoder of the SS) and ERP shall meet the requirements in this clause at the nominal setting of the volume control (except when another volume is specified):

The ratio of signal‑to‑total distortion power measured with the proper noise weighting (see table 4 of ITU-T Recommendation G.223) shall be above the limits given in table 16 when the sound pressure at ERP is up to +10 dBPa. For sound pressures exceeding +10 dBPa at the ERP there is no distortion requirement.

NOTE 1: Frequencies from 315 Hz to 816 Hz do not apply to the hands-free UE case, but only to handset and headset UE.

Table 16: Limits for signal-to-total distortion ratio

	Frequency
	Receiving level

at the digital interface (dBm0)
	Receiving ratio

at nominal volume setting (dB)
	Receiving ratio

at maximum volume setting  (dB)

	315 Hz
	-16
	[20]
	

	408 Hz
	-16
	[28]
	

	510 Hz
	-16
	[28]
	

	816 Hz
	-16
	[28]
	

	1020 Hz
	0

-3

-10

-16

-20

-30

-40 (*)

-45 (*)
	25,5

31,5

33,5

[33,5]

[33,0]

[30,5]

[22,5] (*)

[17,5] (*)
	tbd



	(*) Note: For levels -40 and -45 dBm0, the stated limits are recommendations; hence a lower signal-to-distortion ratio shall not be regarded as a failing result. However, the obtained results shall be reported.


Limits for intermediate levels are found by drawing straight lines between the breaking points in the table on a linear (dB signal level) ‑ linear (dB ratio) scale.

Compliance of the receiving distortion shall be checked by the appropriate method in TS 26.132.

NOTE 2:
It should be ensured that the test signal is treated by speech processing algorithms as a speech-like signal, and not a noise-like signal.  Test signals with a time-stationary envelope may be treated by certain algorithms, e.g. noise suppression algorithms defined in 3GPP TS 06.77 R99[16], as a noise-like signal.

6.8.3
Receiving distortion in hands-free UE

The receiving part between the SS audio input (input of the reference speech encoder of the SS) and freefield shall meet the requirements in this clause at the nominal setting of the volume control (except when another volume is specified):

The ratio of signal‑to‑total distortion power measured 
Table 16: Limits for signal-to-total distortion ratio

	Frequency
	Signal to distortion ratio limit, receive for vehicle mounted or desktop terminal at nominal volume
	Signal to distortion ratio limit, receive for handheld terminal at nominal volume
	Signal to distortion ratio limit, receive for all terminals at maximum volume

	315 Hz
	26
	
	

	400 Hz
	30
	
	

	500 Hz
	30
	20
	

	800 Hz
	30
	30
	20

	1 kHz
	30
	30
	

	2 kHz
	30
	30
	

	3 kHz
	30
	30
	

	NOTE:
The limits for intermediate frequencies lie on a straight line drawn between the given values on a linear (dB) - logarithmic (kHz) scale.


Compliance of the receiving distortion shall be checked by the appropriate method in TS 26.132.
NOTE:
It should be ensured that the test signal is treated by speech processing algorithms as a speech-like signal, and not a noise-like signal.  Test signals with a time-stationary envelope may be treated by certain algorithms, e.g. noise suppression algorithms defined in 3GPP TS 06.77 R99[16], as a noise-like signal.
6.9
Ambient Noise rejection

Handset and Headset UE:

The nature of mobile telephony is such that the UE will typically be operated in high ambient acoustic noise. Due to the adverse interaction of noise signals with speech codecs operating at lower rates, for example 8kbit/s or less, a minimum noise rejection specification is required.
The UE ambient noise rejection ANR, calculated as a Single Figure DELSM (SFDELSM) shall be greater than or equal to 0 dB. For good performance, it is recommended that a figure of +3 dB should be achieved. Due to the uncertainty inherent in the measurement method for ANR, a 3dB tolerance is allowed on the nominal value.

Compliance shall be checked by the relevant test described in TS 26.132.

Hands-free UE (all categories):

For further study.

-------------------------------------END OF MODIFIED CLAUSE---------------------------------
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�Section 5.2.1 in this document describes the general concept of adhering to G.111 and G.121 LR recommendations which are typically RLR=2dB and SLR=8dB. The 5dB RLR for desktop hands-free deviates from this target. A small text with a justification for such would be good for inclusion in this section.





�Out tests show that RLR=10dB at max volume is an approximate average for 2009/2010 smartphones for 42cm measurement distance with free-field microphone. We suggest changing 26.132 to mandate a distance otherwise the requirement in this section does not make much sense.





�Section 5.2.1 in this document describes the general concept of adhering to G.111 and G.121 LR recommendations which are typically RLR=2dB and SLR=8dB. The 9dB RLR for handheld hands-free deviates from this target. A small text with a justification for such would be good for inclusion in this section. It is not clear however why the range of allowable values does not include 2dB. Although bulky, there are terminals in the market that are able to provide RLR close to 2dB delivering excellent user experience in hands-free mode.





�This implies a flat sending response. We recommend flat sending for WB but so far not for NB. It would be ok unless we had to consider backwards compatibility with existing mobile phones, PSTN etc.


�In general our observation is that a flat frequency response in the sending direction for the NB case has drawbacks for intelligibility and spectral balance. We agree with flat target for WB but would need more study in order to support a flat NB frequency response, also for backward compatibility purposes.


�Unlcear which cases are pass/fail criteria and which are only characterization. More time is needed to ananlyze this.


�Our experience is that most modern terminals have a high amount of leakage and in many cases not much variation exists in terms of frequency response shape between different terminals. Having the requirement of making measurements at 3 different forces adds some considerable test time and need for operator interference (to readjust force).


�It would be good to add a comment about why diffuse-field was adopted as opposed to free-field, since the orthotelephonic reference refers to the condition of two subjects in free-field talking at frontal incidence. I believe Hans Gierlich once mentioned that diffuse-field is a more smooth equalization and thus preferred. Need confirmation.





�It would be good to add a comment about why diffuse-field was adopted as opposed to free-field, since the orthotelephonic reference refers to the condition of two subjects in free-field talking at frontal incidence. I believe Hans Gierlich once mentioned that diffuse-field is a more smooth equalization and thus preferred. Need confirmation.





�See comment about sending handset mode 5.4.1.


�Same requirement expressed differenty except that ERP is removed. OK! Might want to remove reducntant rows in the table.


�Why no lower limit below 500 Hz? See also comment at 5.4.1.


�Wouldn’t it be nive if we could go all the way down to 20 Hz while we ar at it? Seriously speaking, this drives the size of terminals if the output cannot be sacrificed. Enforcing bulky 2G/3G phones may not be what anyone wants…


�Would be good to have some justification of why these specific limits are chosen. Some modern micro-speakers require aggressive HPF to avoid long term damaging. Seems risky to adopt a specific roll-off without a specific study





�For harmonization, strongly recommended to change the ETSI spec instead. STMR of 16+-4 dB is devastating for the user experience of some terminals.


�Measurement in a corner might be a worst case but is it relevant to actual usage of the products?


�Needs more time to analyze.


��Some risk of driving poor double talk performance by pushing this requirement too hard.





�Editorial work needed here.


�Why harmonic distortion?


�This test needs immediate fixing. If SNRi can’t be used, suggest to at least add an activation signal and stipulate a convergence time and analysis period for this measurement. 3QUEST is potential candidate if successful in new round of validation.





�Drives the size of the terminals. Cannot be accepted in many cases.


�The reason for having 24 dB is to allow the user to set the volume soft enough when using both left and right earbuds of  a binaural headset. It is preferred that both the case of one earbud inserted and both earbuds inserted is taken care of by the available volume control range.


�Is this a typo? Should it say -68 dBm0? This cannot be accepted at this time.


�See note in the narrow-band chapter.


�This is probably a good change! The original reason for having lower limit ending at 300 Hz was to allow removing low frequencies in noisy conditions but this is not a god reason considering all aspects.


�Unclear. Needto ananlyze more. See also comment in NB clause.


�Need more time to analyze.


�Will in practice drive big speakers and bulky products. Need more time to analyze.


�Need more time to analyze.


�Will in practice drive big speakers and bulky products.


�See NB comment.


�Need more time to ananlyze.


�Need more time to ananlyze.


�Need more time to ananlyze.


�Need more time to ananlyze.


�Why harmonic distortion?


�Why harmonic distortion?


�Need more time to analyze.
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