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

The present document specifies test methods to allow the minimum performance requirements for the acoustic characteristics of GSM, 3G and LTE terminals when used to provide narrowband or wideband telephony to be assessed.

The objective for narrowband services is to reach a quality as close as possible to ITU-T standards for PSTN circuits. However, due to technical and economic factors, there cannot be full compliance with the general characteristics of international telephone connections and circuits recommended by the ITU-T.

The performance requirements are specified in TS 26.131; the test methods and considerations are specified in the main body of the text.

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

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

1
Scope

The present document is applicable to any terminal capable of supporting narrowband or wideband telephony, either as a stand-alone service or as the telephony component of a multimedia service. The present document specifies test methods to allow the minimum performance requirements for the acoustic characteristics of GSM, 3G and LTE terminals when used to provide narrowband or wideband telephony to be assessed.
NOTE
For 3G and LTE, acoustic requirements are specified in TS 26.131, test methods are specified in TS 26.132. For GSM, most acoustic requirements are specified in TS 43.050, test methods are specified in TS 51.010. These specifications are in many cases harmonized with or even refer to TS 26.131 and TS 26.132. See TS 43.050 and TS 51.010 for details. The reason for including GSM, UMTS and LTE terminals within the scope of the present specification is to avoid, whenever possible, duplication of test method descriptions for terminals supporting multiple access technologies.
------------------------------- END OF MODIFIED CLAUSE -------------------------------
------------------------------- START OF MODIFIED CLAUSE -------------------------------
2
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------------------------------- END OF MODIFIED CLAUSE -------------------------------
------------------------------- START OF MODIFIED CLAUSE -------------------------------

4
Interfaces

The interfaces required to define terminal acoustic characteristics are the air interface and the point of interconnect (POI).

The Air Interfaces for GSM, 3G and LTE are specified by 3GPP specifications and are required to achieve user equipment (UE) transportability. MTSI speech aspects are specified by TS 26.114 [17].

Measurements can be made using a system simulator (SS) comprising the appropriate radio terminal equipment and speech transcoder. The losses and gains introduced by the test speech transcoder will need to be specified. 
The POI with the public switched telephone network (PSTN) is considered to have a relative level of 0 dBr. 



Five classes of acoustic interface are considered in this specification:

-
Handset UE including softphone UE used as a handset;

-
Headset UE including softphone UE used with headset;

-
Vehicle Mounted Hands-free UE including softphone UE mounted in a vehicle;
-
Desktop-mounted hands-free UE including softphone UE with external loudspeaker(s) used in hands-free mode;

-
Hand-held hands-free UE including softphone UE with internal loudspeaker(s) used in hands-free mode.

(See definition of softphone in Clause 3.1)

NOTE:
The test setup for a softphone UE shall be derived according to the following rules:

-
When using a softphone UE as a handset: the test setup shall correspond to handset mode. 

-
When using a softphone UE with headset: the test setup shall correspond to headset mode.

-
When a softphone UE is mounted in a vehicle: the test setup shall correspond to vehicle-mounted hands-free mode.

-
When using a softphone UE in hands-free mode:

-
When using internal loudspeaker(s), the test setup shall correspond to hand-held hands-free.

-
When using external loudspeaker(s), the test setup shall correspond to desktop-mounted hands-free.

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

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

5
Test configurations

This section describes the test setups for terminal acoustic testing.

NOTE:
If the terminal has several mechanical configurations (e.g., sliding design open or closed), all manufacturer-defined configurations shall be tested.

5.1
Setup for terminals

The general interfaces referring to a live call are described in figure 1. The access to terminals under test is described in figure 1a. The preferred acoustic access to GSM, 3G and LTE terminals is the most realistic simulation of the “average” subscriber. This can be made by using HATS (head and torso simulator), with appropriate ear simulation and appropriate mountings of handset terminals to the HATS in a realistic but reproducible way. Hands-free terminals shall use the HATS or free field microphone techniques in a realistic but reproducible way.

HATS is described in ITU-T Recommendation P.58 [15], appropriate ears are described in ITU-T Recommendation P.57 [14] (Type 3.3), proper positioning of handsets in realistic conditions is found in ITU-T Recommendation P.64, and the test setups for various types of hands-free terminals can be found in ITU-T Recommendation P.581.

Unless stated otherwise, if a volume control is provided, the setting is chosen such that the nominal RLR is met as close as possible.
Unless specified otherwise for the respective test, the radio conditions should be error free (block error rate below [TBD] %) and the jitter in the IP transport shall be kept to a minimum (below [TBD] ms).
NOTE:
Values are for further study
The preferred way of testing is the connection of a terminal to the system simulator with exact defined settings and access points. The test sequences are fed in either electrically using a reference codec, using the direct signal processing approach, or acoustically using ITU-T specified devices.

[image: image2.emf]Access 

RX...

Access 

TX

UE  Access and core network 

Speech 

decoder

Speech 

encoder

Transmission

Speech 

decoder

Transmission

Access 

TX

Speech 

encoder

Access 

RX...

Point of 

interconnect 

(POI)

NOTE 1

NOTE 1

Air interface

NOTE 2

MRP

ERP/

DRP...


NOTE 1:
Includes DTX functionality.

NOTE 2:
Connection to PSTN should include electrical echo control (EEC).

Figure 1: Interfaces for specification of terminal acoustic characteristics
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Figure 1a: Interface for testing acoustic properties of a UE, for GSM and 3G in circuit-switched mode. The system simulator simulates the access and core network.
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Figure 1b: Interface for testing acoustic properties of a UE, for MTSI. The system simulator simulates the access and core network. The system simulator includes a reference MTSI client with a de-jitter buffer on the uplink path.
5.1.1
Setup for handset terminals

When using a handset UE, the handset is placed on HATS as described in ITU-T Recommendation P.64 Annex E [18]. A suitable position shall be defined for each handset UE and documented in the test report. The artificial mouth shall conform to ITU-T Recommendation P.58 [15]. The artificial ear shall conform to ITU-T Recommendation P.57 [14]. Type 3.3 ear shall be used and positioned on HATS according to ITU-T Recommendation P.58 [15].

Position and calibration of HATS
The sending and receiving characteristics shall be tested with the HATS. It shall be indicated what application force was used. If not stated otherwise in TS 26.131, an application force of 8 ± 2 N shall be used.

The horizontal positioning of the HATS reference plane shall be guaranteed within ± 2º.

5.1.2
Setup for headset terminals

Recommendations for the setup and positioning of headsets are given in ITU-T Recommendation P.380. If not stated otherwise, headsets shall be placed in their recommended wearing position. Some insert earphones might not fit properly in Type 3.3 ear simulators. For such insert type headsets, an ITU-T Recommendation P.57 [14] Type 2 ear simulator may be used in conjunction with the HATS mouth simulator. The HATS should be equipped with two artificial ears as specified in ITU-T Recommendation P.57 [14]. For binaural headsets two artificial ears are required.

5.1.3
Setup for hands-free terminals

5.1.3.1
Vehicle-mounted hands-free

If not stated otherwise, the artificial head (HATS – head and torso simulator, according to ITU‑T Recommendation P.58 [15]) is positioned in the driver's seat for the measurement as shown in figure 3a. The position has to be in line with the average users’ position; therefore, all positions and sizes of users have to be taken into account. Typically, all except the tallest 5% and the shortest 5% of the driving population have to be considered. The size of these persons can be derived, e.g., from the 'anthropometric data set' for the corresponding year (e.g., based on data used by car manufacturers). The position of the HATS (mouth/ears) within the positioning arrangement is given individually by each car manufacturer. The position used has to be reported in detail in the test report. If no requirements for positioning are given the distance from the microphone to the MRP is defined by the test lab.

By using suitable measures (e.g., marks in the car, relative position to A-pillar, B-pillar, height from the floor, etc.) an exact reproduction of the artificial head position must be possible at any later time.
NOTE –
Different positions of the artificial head may greatly influence the test results. Depending on the application, different positions of the artificial head may be chosen for the tests. It is recommended to check the worst-case position, e.g., those positions where the SNR and/or the speech quality in send may be worst.

Figure 2: void

Figure 3: void
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Figure 3a: Test Configuration for vehicle mounted hands-free, using HATS

5.1.3.2
Desktop hands-free

For HATS test equipment, the definition of hands-free terminals and setup for desktop hands-free terminals can be found in ITU-T Recommendation P.581. Measurement setup using a free-field microphone and a discrete P.51 [13] artificial mouth for desktop hands-free terminals can be found in ITU-T Recommendation P.340.The positioning for different types of desktop hands-free terminals is given in ETSI TS 103 738 and ETSI TS 103 740.

5.1.3.3
Hand-held hands-free

Either HATS or a free-field microphone with a discrete P.51 [13] artificial mouth may be used to measure a hand-held hands-free type UE.

If HATS measurement equipment is used, it shall be configured to the hand-held hands-free UE according to figure 4. The HATS should be positioned so that the HATS Reference Point is at a distance dHF from the centre point of the visual display of the Mobile Station. The distance dHF is specified by the manufacturer. A vertical angle HF may be specified by the manufacturer. Where it is not specified, the nominal distance dHF shall be 42 cm and HF shall be 0º.

NOTE:
The nominal distance of 42 cm corresponds to the distance between the HATS reference point and lip-plane (12 cm) with an additional 30 cm giving a realistic figure as a reference usage of hand-held terminals.
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Figure 4: Configuration of hand-held hands-free UE relative to the HATS

If a free-field microphone and a discrete P.51 [13] mouth are used, they shall be configured to the hand-held hands-free UE according to figure 5 for receiving measurements and figure 6 for sending measurements.  The microphone should be located at a distance dHF from the centre of the visual display of the UE. The mouth simulator should be located at a distance dHF-12 cm from the centre of the visual display of the UE. The distance dHF is specified by the manufacturer. Where it is not specified the nominal distance dHF shall be 42 cm.
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Figure 5: Configuration of hand-held hands-free UE; free-field microphone for receiving measurements
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Figure 6: Configuration of hand-held hands-free UE; discrete P.51 artificial mouth for sending measurements

5.1.3.4
Softphone including speakers and microphone
This test setup is applicable to laptop computers or similar devices as seen in figure 7 through figure 11.

Where the manufacturer gives conditions of use, these will apply for testing. If the manufacturer gives no other requirement, the softphone will be positioned according the following conditions:
Measurement with artificial ear and microphone:


Artificial mouth (for sending tests)
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Figure 7: Configuration of a softphone relative to the artificial mouth side view


Free field microphone (for receiving):
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Figure 8: Configuration of a softphone relative to the free field microphone side view


Position of a softphone on the table:
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Figure 9: Configuration of a softphone relative to the free-field microphone or artificial mouth viewed from above

Measurement with HATS:
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Figure 10: Configuration of a softphone relative to the HATS side view
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Figure 11: Configuration of a softphone relative to the HATS viewed from above
5.1.3.5 Softphone with separate speakers

This test setup is applicable to laptop computers or similar devices as seen in figure 12 through figure 15.

Where the manufacturer gives conditions of use, these will apply for testing. If the manufacturer gives no other requirement, the softphone will be positioned according to the following conditions:
Where separate loudspeakers are used, the system will be positioned as in figure 12 or figure 13.
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Figure 12: Configuration of a softphone using external speakers relative to microphone or artificial mouth viewed from above
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Figure 13: Configuration of a softphone using external speakers relative to the HATS viewed from above
Where an external microphone and speakers are used, the system will be positioned as in figure 14 or figure 15.
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Figure 14: Configuration of a softphone using
external speakers and a microphone relative to microphone or artificial mouth viewed from above
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Figure 15: Configuration of a softphone using
external speakers and a microphone relative to the HATS viewed from above

5.1.4
Position and calibration of HATS

The horizontal positioning of the HATS reference plane shall be guaranteed within  2( for testing hands-free equipment.

The HATS shall be equipped with a Type 3.3 Artificial Ear. For hands-free measurements the HATS shall be equipped with two artificial ears. The pinnae are specified in Recommendation P.57 [14] for Type 3.3 artificial ears. The pinnae shall be positioned on HATS according to ITU-T Recommendation P.58 [15].

The exact calibration and equalization procedures as well as how to combine the two ear signals for the purpose of measurements can be found in ITU-T Recommendation P.581. If not stated otherwise, the HATS shall be diffuse-field equalized. The reverse nominal diffuse field curve as found in table 3 of ITU-T Recommendation P.58 [15] shall be used. For measurements requiring diffuse-field correction values for closer frequency spacing than that which is specified in ITU-T Recommendation P.58 [15], the interpolation method found in annex A shall be used.

For hand-held hands-free UE, the setup corresponding to 'portable hands-free' in ITU-T Recommendation P.581 should be used.

5.1.5
Test setup for quality in the presence of ambient noise measurements
The setup for simulating realistic ambient noises and the positioning of the HATS in a lab-type environment is described in ETSI EG 202 396-1 [35].

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

The equalization and calibration procedure for the test setup are given in detail in ETSI EG 202 396-1 [35].
5.2
Setup of the electrical interfaces

5.2.1
Codec approach and specification

In this approach, a codec is used to convert the digital input/output bit-stream of the system simulator to the equivalent analogue values. With this approach a system simulator simulating the radio link to the terminal under controlled and error-free conditions is required, unless otherwise specified for the respective test. The system simulator has to be equipped with a high-quality codec with characteristics as close as possible to ideal.

Definition of 0 dBr point:

D/A converter -
a Digital Test Sequence (DTS) representing the codec equivalent of an analogue sinusoidal signal with an RMS value of 3,14 dB below the maximum full‑load capacity of the codec shall generate 0 dBm across a 600 ohm load; 

A/D converter -
a 0 dBm signal generated from a 600 ohm source shall give the digital test sequence (DTS) representing the codec equivalent of an analogue sinusoidal signal with an RMS value of 3,14 dB below the maximum full‑load capacity of the codec.

Narrowband telephony testing

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

Wideband telephony testing

For testing of a GSM, 3G or LTE terminal supporting wideband telephony, the system simulator shall use the AMR-WB speech codec as defined in 3GPP TS 26 series of specifications, at the source coding bit-rate of 12,65 kbit/s.

5.2.2
Direct digital processing approach

In this approach, the digital input/output bit-stream of the terminal connected through the radio link to the system simulator is operated upon directly.

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

Wideband telephony testing

For testing of a GSM, 3G or LTE terminal supporting wideband telephony, the system simulator shall use the AMR-WB speech codec as defined in the 3GPP TS 26 series of specifications, at the source coding bit rate of 12,65 kbit/s.

5.3
Accuracy of test equipment

Unless specified otherwise, the accuracy of measurements made by test equipment shall exceed the requirements defined in table 1a.

Table 1a: Test equipment measurement accuracy

	Item
	Accuracy

	Electrical Signal Power
	± 0,2 dB for levels  -50 dBm

	
	± 0,4 dB for levels < -50 dBm

	Sound pressure
	± 0,7 dB

	Time
	± 5%

	Frequency
	± 0,2%


Unless specified otherwise, the accuracy of the signals generated by the test equipment shall exceed the requirements defined in table 1b.

Table 1b: Test equipment signal generation accuracy

	Quantity
	Accuracy

	Sound pressure level at MRP
	± 1 dB for 200 Hz to 4 kHz

	
	± 3 dB for 100 Hz to 200 Hz

	
	± 3 dB for 4 kHz to 8 kHz

	Electrical excitation levels
	± 0,4 dB (see note 1)

	Frequency generation
	± 2% (see note 2)

	NOTE 1:
Across the whole frequency range.

NOTE 2:
When measuring sampled systems, it is advisable to avoid measuring at sub-multiples of the sampling frequency. There is a tolerance of ± 2% on the generated frequencies, which may be used to avoid this problem, except for 4 kHz where only the -2% tolerance may be used.


The measurements’ results shall be corrected for the measured deviations from the nominal level.

The sound level measurement equipment shall conform to IEC 60651 Type 1.

5.4
Test signals

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

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

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

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

The test signal levels are referred to the average level of the (band limited in receiving direction) test signal, averaged over the complete test sequence, unless specified otherwise. For real speech, the test signal levels are referred to the ITU-T P.56 [37] active speech level of the (band limited in receiving direction) test signal, calculated over the complete test sequence.

5.5
Void

5.5.1
Void

5.5.2
Void

------------------------------- END OF MODIFIED CLAUSE -------------------------------
------------------------------- START OF MODIFIED CLAUSE -------------------------------
6.2
System simulator conditions

Unless otherwise specified for the respective test, the system simulator should provide an error-free radio connection to the UE under test. The default speech codec in narrowband, the AMR speech codec, shall be used at its highest bit-rate of 12,2 kbit/s. The default speech codec in wideband, the AMR-WB speech codec, shall be used at 12,65 kbit/s. Discontinuous Transmission (DTX) silence suppression should be disabled for the purposes of GSM/3G/LTE acoustic testing.

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

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

7.2.1
General

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

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

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

7.6
Stability loss

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

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

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

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

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

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

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

c)
For a binaural headset, the receivers are placed symmetrically around the microphone.
Figure 15a. Void

Figure 15b. Void
[image: image18.emf] 

Area of  Test Setup  

min  500 mm  

min 4 00 mm  

Clear Area  

min   400 mm  

Clear Area  

 Surface  min   500 mm  


NOTE:
All dimensions in mm.

Figure 15c. Test configuration for stability loss measurement on handset or headset UE
The attenuation from input to output of the system simulator shall be measured in the frequency range from 200 Hz to 4 kHz. The spectral distribution of the output signal is analysed with a 4k FFT (for a 48 kHz sample rate test system), thus the measured part of the output signal is 85.333 ms. To avoid leakage effects, the frequency resolution of the FFT must be the same as the frequency spacing of the PN-sequence.

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

------------------------------- START OF MODIFIED CLAUSE -------------------------------
7.7.1
General

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

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

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

8.2.1
General

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

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

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

8.7.1
General

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

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

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

8.11.2.3
Classification into categories

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

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

The classification is then performed individually for the following situations:

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

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

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

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

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

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

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