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Hands Free Communication in Motor Vehicles

Summary


This Recommendation defines test methodologies for and standard behaviour of hands free communications terminals when used within Motor Vehicles. The purpose is to provide a consistent and high Quality of Service for the users of such devices.
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Scope

The aim of this ITU-T Recommendation is the definition of use cases and test methods for hands-free communication in vehicles. The Recommendation covers

· corded headsets

· wireless headsets

· build in hands-free systems

· and after market hands-free carkits

to be used in vehicles for communication while driving.

The Recommendation describes the recommended behaviour of headsets in the different use conditions.

For testing the test setup and the recommended environmental conditions are described.

The methods, the analysis and the performance parameters described in this Recommendation are based on test signals and test procedures as defined in ITU-T Recommendations P.50, P.501, P.502 and P.340.
References

The following ITU-T Recommendations and other references contain provisions, which, through reference in this text, constitute provisions of this Recommendation. At the time of publication, the editions indicated were valid. All Recommendations and other references are subject to revision; users of this Recommendation are therefore encouraged to investigate the possibility of applying the most recent edition of the Recommendations and other references listed below. A list of the currently valid ITU-T Recommendations is regularly published.

The reference to a document within this Recommendation does not give it, as a stand-alone document, the status of a Recommendation

[1]
ITU-T Recommendation P.58, Head and Torso Simulators for Telephonometry

[2]
ITU-T Recommendation P.57, Artificial Ears

[3]
ITU-T Recommendation P.340, Transmission Characteristics and Speech Quality Parameters of Hands-free Telephones 

[4]
ITU-T Recommendation P.501, Test Signals for Use in Telephonometry

[5]
ITU-T Recommendation P.50 (1993), Artificial Voices
[6]
ITU-T Recommendation P.502, Objective Analysis Methods for Speech Communication Systems, Using Complex Test Signals

[7]
ITU-T Recommendation P.64, Telephone Transmission Quality Objective Measuring Apparatus,
Determination of Sensitivity/Frequency Characteristics of Local Telephone Systems

[8]
ITU-T Recommendation P.79, Calculation of Loudness Rating for Telephone Sets

[9]
ISO 3: “Preferred Numbers – Series of Preferred Numbers”. 
[10]
ITU-T Recommendation B.12 (1988), Use of  the Decibel and the Neper in Telecommunications

[11]
ITU-T Recommendation G.122, Influence of National Systems on Stability and Talker Echo in International Connections

[12]
IEC 225 

[13]
ITU-T Recommendation P.581 (05/00), Use of Head and Torso Simulators (HATS) for Hands-free Terminal Testing 

[14]
Relative Approach: 

[15]
ITU-T Recommendation P.800, Methods for Subjective Determination of Transmission Quality

[16]
ITU-T Recommendation P.48, Specification for an Intermediate Reference System 

[17]
Berger, J., Results of objective speech quality assessment in​cluding receiving terminals using the advanced TOSQA2001, ITU-T Contribution, Dec. 2000, COM 12-20-E

[18]
ITU-T Recommendation P.56, Objective Measurement of Active Speech Level

[19]
ETSI EG 202 396-1: Speech quality performance in the presence of background noise;   Part 1: Background noise simulation technique and background noise database

Definitions

<Check in ITU-T Terms and definitions database under http://www.itu.int/sancho/index.htm if the term is not already defined in another recommendation. It could be more consistent to refer to such a definition rather than redefine it>

Abbreviations

<Include all abbreviations used in this Recommendation>

Conventions

<Describe any particular notation, style, presentation, etc. used within the Recommendation if any>

Test Arrangement

The acoustical interface for all hands-free terminals (speakerphones and headsets) is realized by using an artificial head (HATS - Head and Torso Simulator) according to ITU-T Recommendation P.58 [1]. The properties of the artificial head shall conform to ITU-T Recommendation P.58 [1] for sending as well as for receiving acoustical signals.

All hands-free terminals are connected to a system simulator conforming to the required transmission standard with implemented, calibrated audio interface. For some requirements in this standard the performance limits depend on the transmission system and the speech codec used in this transmission system. The corresponding tables will be found in each chapter. The table 4.1 provides an overview of the speech codecs used. 

	GSM 900, 1800, 1900
	GSM Full Rate Codec

	3GPP (UMTS]
	AMR with 13 kBit/s

	AMPS
	demodulated analog signal

	TIA/EIA IS-95-A CDMA
	VSELP (IS 54-B)

	TIA/EIA 618 TDMA
	VSELP (IS 54-B)


Table 6.1: Overview of the Speech Codecs used

The settings of the system simulator shall be chosen so that the audio signal is not influenced by any signal processing (e.g. DTX). 

The test sequences are fed electrically to the system simulator or acoustically to the artificial head. The test arrangement is shown in figure 1.
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Fig. 1:
Test Arrangement for Hands-free Terminal

Test Arrangement in a Car

Microphone related Simulation

The transmission performances of car hands-free terminals are measured in a car cabin. In order to simulate a realistic driving situation, background noise is inserted using a 4-loudspeaker arrangement with subwoofer while measurements with background noise are conducted. In figure 2 the simulation arrangement is shown. The test arrangement conforms to ETSI EG 202 396-1, The source signal used is recorded by a measurement microphone positioned close to the hands-free microphone. If possible the output signal of the hands-free microphone can be used directly. The recordings are conducted in a real car. The loudspeaker arrangement is equalized and calibrated so that the power density spectrum measured at the microphone position is equal to the recorded one. For equalization either the measurement microphone or the hands-free microphone used for recording is used.  The maximum deviation of the A-weighted sound pressure level shall be ( 1dB. The third octave power density spectrum between 100 Hz and 10 kHz shall not deviate more than ( 3 dB from the original spectrum. A detailed description of the equalization procedure as well a database with background noises can be found in ETSI EG 202 396-1.

Figure 2:
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Positioning of the Hands-free Terminals 
The hands-free terminal is installed according to the requirements of the manufacturers. The positioning of the microphone/microphone array and loudspeaker are given by the manu​facturer. If no position requirements are given, the test lab will fix the arrangement. Typically, the microphone is positioned close to the in-door mirror, the loudspeaker is typically positioned in the footwell of the driver, respectively of the co-driver. In any case the exact positioning has to be noted. Hands-free terminals installed by the car manu​facturer are measured in the original arrangement.

Headset hands-free terminals are positioned according to the requirements of the manufacturer. If no position requirements are given, the test lab will fix the arrangement.

If not stated otherwise, the artificial head (HATS Head and Torso Simulator according to ITU-T P.58 [1]) is positioned at the driver’s seat for the measure​ment. The position has to be in line with the average user’s position, therefore all positions and sizes of users have to be taken into account. Specifically the 95% men and 5% women have to be considered. The size of these persons can be derived e.g. from the ‘antrometric data set' for the corresponding year (e.g. implemented in the program RAMSIS which is used by most of the 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 (marks in the car, relative position to A-, B-pillar, height from the floor etc) the exact reproduction of the artificial head position must be possible at any later time.

Artificial Mouth 

The artificial mouth of the artificial head shall conform to ITU-T Recommendation P.58 [1]. The artificial mouth is equalized at the MRP according to ITU-T Recommendation P.340 [3]. 

In the case of speakerphone hands-free terminals the sound pressure level is calibrated at the HATS-HFRP so that the average level at HATS-HFRP is -28,7 dBPa. The sound pressure level at the MRP has to be corrected correspondingly. The detailed description for equalization at the MRP and level correction at the HATS-HFRP can be found in ITU-T Recommendation P.581 [13]. 

Artificial Ear 

For speakerphone hands-free terminals the ear signal of the right ear of the artificial head is used (for the cars where the steering wheel is on the right hand side, the left ear is used). The artificial head is free-field equalized, more detailed information can be found in ITU-T Recommendation P.581 [13].

For headset hands-free terminals the type of ear to be used and the positioning is described in ITU-T Recommendation P.360.

Influence of the transmission system

Measurements may be influenced by signal processing (different speech codecs, DTX, comfort noise insertion …) depending on the transmission system and the system simulator used in the test setup. If requirements cannot be fulfilled due to impairments introduced by the transmission system or the system simulator, reference measurements of the hands-free unit or measurements without acoustical components should be made documenting this behavior. 

Calibration and Equalization

The following preparation has to be completed before running the tests:

Calibration:

· Acoustical calibration of the measurement microphones as well as of HATS microphone

· Calibration and equalization of the artificial mouth at the MRP

· HATS-HFRP calibration (for speakerphone hands-free terminals only)

Equalization (for speakerphone hands-free terminals only):

· Free-field equalization of the artificial head

Reference Measurement:

· For the compensation of the different power density spectra of the measurement signals it is required to refer the measured power density spectra to the power density spectra of the test signal. This is denoted as a reference measurement.

· In sending direction the reference spectrum is recorded at the MRP.

· In receiving direction the reference spectrum is recorded at the electrical interface.

System Simulator Settings

All settings of the system simulator have to ensure that the audio signal is not disturbed by any processing and the transmission of the HF signal is error-free. DTX shall be switched-off. For all networks the RF-level shall be set to maximum. The settings shall be reported in the test protocol.

For measurements according to the GSM standard the full rate codec shall be used. For measurements with AMR-codec the highest bitrate of 13 kb/s is used.

Test Signals und Test Signal Levels

Signals

Speech-like signals are used for the measurements which can be found in ITU-T Recommendations P.50 [5] and P.501 [4]. Detailed information about the test signal used is found in the corresponding chapter of this standard. 

For narrow-band hands-free terminals all test signals - which are used in receiving direction - have to be band-limited. The band limitation is achieved by bandpass filtering in the frequency range between 200 Hz and 4 kHz using bandpass filtering providing 24 dB/octave. In sending direction the test signals are used without band limitation. 

All test signal levels are referred to the average level of the test signals, averaged over the complete test sequence length if not described otherwise. In receiving direction the band-limited test signal is measured, in sending direction no band-limitation is applied. 

The average signal levels for the measurements are as follows:

· -16 dBm0 in receiving direction (typical signal level in networks)

· -4.7 dBPa in sending direction at the MRP (typical average speech levels) [equivalent to 
-28,7 dBPa at the HATS-HFRP]

Some tests require exact synchronization of test signals in the time domain. Therefore, it is required to take into account the delays of the terminals. When analyzing signals any delay introduced by the test system codecs and terminals have to be taken into account accordingly. 

Background Noise Signals

For some measurements typical background noise is inserted. This is described in the corresponding chapter. In general such background noise should be car-specific and should be simulated for the car cabin tested. The test lab (together with the manufacturer) will decide which background noise is used for the test. Car-specific parameters e.g. driving with open roof in a cabriolet have to be taken into account. Specific driving situations e.g. driving with open window may be taken into account as well. In general it is recommended to conduct all tests during constant driving conditions simulating fixed driving speed (e.g. 130 km/h). Under this condition it is most easy to conduct reproducible measurements. 

If no requirements are made by the car manufacturers, a minimum sound pressure level of 70 dBSPL(A), measured at the right ear of the artificial head has to be achieved. In any case the recording of a real driving noise with constant speech shall be used.

· Recording of Driving Noise 

Background noise is recorded in the real car. The measurement microphone is positioned close to the hands-free microphone. Alternatively the hands-free microphone can be used for the recording of the background noise if the microphone is easily assessable. 

· Playback of the Recorded Background Noise Using a 4-loudspeaker Arrangement with Subwoofer

The test lab is responsible for the 4-loudspeaker arrangement in the car cabin. Typically 2 loudspeakers are mounted in the front and in the rear (left and right side). The loudspeaker should be carefully positioned in order to minimize disturbances of the transmission paths between loudspeakers and hands-free microphone and the artificial head at the driver’s seat. Details can be found in EG 202 396-1 [x].

Measurement Parameters and Requirements

Preparation Measurements

Delay

Delay in Sending Direction

Requirements

The delay in sending direction is measured from the MRP (Mouth Reference Point) to POI (reference speech codec of the system simulator, output). The delay measured in sending direction  is

Ts+ tSystem .

The system delay tSystem is depending on the transmission method used and the network simulator. The delay tsystem must be known.

Test

1. For the measurements a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [4] is used. The test signal level is -4.7 dBPa at the MRP. For speakerphone handset terminals the test signal level is adjusted to -28.7 dBPa at the HATS-HFRP (see ITU-T Recommendation P.581 [13]). The equalization of the artificial mouth is made at the MRP.

The reference signal is the original signal (test signal).

The setup of the hands-free terminal is in correspondence to chapter 6. 

2.
The delay is determined by cross-correlation analysis between the measured signal at the electrical access point and the original signal. The measurement is corrected by delays which are caused by the test equipment.

3. The delay is measured in ms and the maximum of the cross-correlation function is used for the determination.

Delay in Receiving Direction

Requirements

The delay in receiving direction is measured from POI (input of the reference speech coder of the system simulators) to the Drum Reference Point (DRP). The delay measured in receiving direction is 

Tr+ tSystem . 

The system delay tSystem is depending on the transmission system and on the network simulator used.  The delay tSystem must be known.

Test

1. For the measurements a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [4] is used. The test signal level is -16 dBmo at the electrical interface (POI).


The reference signal is the original signal (test signal).

2. The test arrangement is according to chapter 6.1. For the measurement of speakerphone hands-free terminals the artificial head is free-field equalized according to ITU-T Recommendation P.581 [13]. The equalized output signal of the right ear is used for the measurement. For headset hands-free terminals the sound pressure measured at the DRP and corrected to the ERP according to ITU-T Recommendation P.57 [x]. 

3. The delay is determined by cross-correlation analysis between the measured signal at the DRP and the original signal. The measurement is corrected by delays which are caused by the test equipment.

4. The delay is measured in ms and the maximum of the cross-correlation function is used for the determination.

Loudness Ratings

Requirements

The nominal values of SLR/RLR from/to the electrical reference point (POI) shall be 

For speakerphone hands-free terminals:

SLR = 13 dB; 

RLR = 2 dB.

For headset hands-free terminals:

SLR = 8 dB; 

RLR = 2 dB.

If a user-specific volume control is provided, the requirement for RLR given above shall be measured at least for one setting of the volume control. It is recommended to provide a volume control which allows a loudness increase by at least 15 dB referred to the nominal value of RLR. The volume control range shall allow the setting of S/N (6 dB for all signal and noise conditions. This will allow sufficient loudness of the speech signal in receiving direction in the presence of high background noise. 

Loudness Rating in Sending Direction

1. The test signal used for the measurements shall be artificial voice according to ITU-T Recommendation P.50 [5]. The test signal is equalized at the MRP, the test signal level is –4.7 dBPa at the MRP. The test signal level is the average level of the complete test signal. For speakerphone hands-free terminals the level at the HATS-HFRP is adjusted to –28.7 dBPa. 

The measured power density spectrum at the MRP is used as the reference power-density spectrum for determining the sending sensitivity.

2. The test arrangement is according to chapter 6.1. The sending sensitivity is calculated from each band of the 14 frequencies given in table 1 of ITU-T Recommendation P.79 [8], bands 4 - 17. 

For the calculation the average measured level at the electrical reference point for each frequency band is referred to the average test signal level measured in each frequency band at the MRP.

3. The sensitivity is expressed in dBV/Pa, the Sending Loudness Rating SLR shall be calculated according to ITU-T Recommendation P.79 [8], formula 2.1, band 4 - 17, M = 0.175 and the weighting factors in sending direction according to ITU-T Recommendation P.79 [8], table 1.

Loudness Rating in Receiving Direction

1. The test signal used for the measurements shall be artificial voice according to ITU-T Recommendation P.50 [5]. The test signal is -16 dBmo, measured at the electrical reference point and averaged over the complete test signal sequence.

2. The test arrangement is according to chapter 6.1. For the measurement of speakerphone hands-free terminals the artificial head is free-field equalized according to ITU-T Recommendation P.581 [13]. The equalized output signal of the right ear is used for the measurement. For headset hands-free terminals the sound pressure measured at the DRP and corrected to the ERP according to ITU-T Recommendation P.57 [x]. The receiving sensitivity is determined by the bands 4 - 17 according to table 1 of ITU-T Recommendation P.79 [8].


For the calculation the average signal level of each frequency band is referred to the signal level of the reference signal measured in each frequency band.

3. The sensitivity is expressed in dBPa/V, the Receiving Loudness Rating RLR shall be calculated according to ITU-T Recommendation P.79 [8], formula 2.1, band 4-17, M = 0.175 and the weighting factors in receiving direction according to table 1 of ITU-T Recommendation P.79 [8].

4. For speakerphone hands-free terminals the correction 14 dB according to ITU-T Recommendation P.340 [3] is used for the correction of the measurement results.

Sensitivity Frequency Responses

Sending Sensitivity Frequency Response

Requirements

The sending sensitivity frequency response is measured from the MRP to the output of the speech codec at the electrical point (output of the system simulators, POI). 

The tolerance mask for the sending sensitivity frequency response is shown in table 7.1, the mask is drawn by straight lines between the breaking points in table 7.1 on a logarithmic (frequency) - linear (dB sensitivity) scale. 

	Frequency (Hz)
	Upper Limit
	Lower Limit

	200
	0
	

	250
	0
	

	315
	0
	‑14

	400
	0
	‑13

	500
	0
	‑12

	630
	0
	‑11

	800
	0
	‑10

	1 000
	0
	‑8

	1 300
	2
	‑8

	1 600
	3
	‑8

	2 000
	4
	‑8

	2 500
	4
	‑8

	3 100
	4
	‑8

	4 000
	0
	

	Note.:

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


Table 7.1: Tolerance Mask for the Sending Sensitivity Frequency Response

Test

1. The test signal used for the measurements shall be artificial voice according to ITU-T Recommendation P.50 [5]. The test signal is equalized at the MRP, the test signal level is –4.7 dBPa at the MRP. The test signal level is the average level of the complete test signal. Fpr speakerphone hads-free terminals the level at the HATS-HFRP is adjusted to –28.7 dBPa. 

The measured power density spectrum at the MRP is used as the reference power density spectrum for determining the sending sensitivity.

2. The test arrangement is according to chapter 6.1. The sending sensitivity frequency response is determined in third octave bands as given by the R. 40 series of preferred numbers in ISO 3 [9] for frequencies from 100 Hz to 4 kHz inclusive. In each third octave band the level of the measured signal is referred to the level of the reference signal averaged over the complete test sequence length. 

3. The sensitivity is determined in dBV/Pa.

Receiving Sensitivity Frequency Response

Requirements

The receiving sensitivity frequency response is measured from the electrical reference point (input of the system simulators, POI) to the ERP when headset hands-free terminals are measured. For speakerphone hands-free terminals the sound pressure of the freefield equalized HATS is measured. 

The tolerance mask for the receiving sensitivity frequency response is shown in table 7.2, the mask is drawn by straight lines between the breaking points in table 7.2 on a logarithmic (frequency) - linear (dB sensitivity) scale.
	Frequency (Hz)
	Upper Limit
	Lower Limit

	200
	0
	

	250
	0
	

	315
	0
	‑15

	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

	3 100
	0
	‑12

	4 000
	0
	

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


Table 7.2: Tolerance Mask for the Receiving Sensitivity Frequency Response

Test

1. The test signal used for the measurements shall be artificial voice according to ITU-T Recommendation P.50 [5]. The test signal is -16 dBmo, measured at the electrical reference point and averaged over the complete test signal sequence.

2. The test arrangement is according to chapter 6.1. For the measurement of speakerphone hands-free terminals the artificial head is free-field equalized according to ITU-T Recommendation P.581 [13]. The equalized output signal of the right ear is used for the measurement. For headset hands-free terminals the sound pressure measured at the DRP and corrected to the ERP according to ITU-T Recommendation P.57 [x]. The receiving sensitivity frequency response is determined in third octaves as given by the R. 40 series of the preferred numbers in ISO 3 [9] for frequencies from 100 Hz to 4 kHz inclusive. In each third octave band the level of the measured signal is referred to the level of the reference signal, averaged over the complete test sequence length.

3. The sensitivity is determined in dBPa/V.

Speech Quality during Single Talk

One Way Speech Quality in Sending


The nominal values for the speech quality measured from/to the electrical reference point (POI) shall be

MOS LQO ( 3,0 

Test

tbd
One Way Speech Quality in Receiving

The nominal values for the speech quality measured from/to the electrical reference point (POI) shall be

MOS LQO ( 3,0 

Test

tbd
Idle Channel Noise

All tests are conducted with average RF-signal power settings. It is recommended to check the requirement in addition with different RF-power settings. The requirement should be fulfilled for all RF-power settings.

Idle Channel Noise in Sending Direction

Requirements

The maximum idle channel noise in sending direction, measured at the electrical reference point (POI) in quiet conditions shall be less than ( -64 dBm0(P).
No peaks in the frequency domain higher than 10 dB above the average noise spectrum should occur. 

Test

1. For the measurement no test signal is used. In order to ensure a reliable activation of the terminal an activation signal is inserted before the actual measurement. The activation signal consists of a sequence of 4 Composite Source Signals according to ITU-T Recommendation P.501 [4]. The spectrum of the test signal at the MRP is equalized under free-field conditions. The level of the activation signal is - 28.7 dBPa measured at the HATS-HFRP. 

2. The test arrangement is described in chapter 6.1. 

The idle channel noise is measured at the electrical reference point in the frequency range between 100 Hz and 4 kHz. The measurement requires a time window which starts exactly at the end of the activation signal. Any “ringing” of filters or receivers or reverberance influence shall be taken into account, the time window must be shifted accordingly. The length for the time window is 1 second which is the averaging time for the idle channel noise. The test lab has to ensure that the terminal is activated during the measurement. If the terminal is deactivated during the measurement, the measurement window has to be cut to the duration while the terminal remains activated. 

The power density spectrum of the noise signal is determined using FFT (8 k  samples/48 kHz sampling rate). A Hanning window is used. 

3. The idle channel noise is determined by psophometric weighting. Spectral peaks are measured in the frequency domain.

Idle Channel Noise in Receiving Direction

Requirements

The requirements for the maximum noise produced by the hands-free terminal in case no signal is applied to the receiving direction (0 signal) is as follows:

If a user-specific volume control is provided, it is adjusted to the RLR value close to the nominal value. Hands-free terminals without user-specific volume controls are measured in normal operating conditions. The idle channel noise level measured at the DRP shall be less than -53 dBPa (A).
No peaks in the frequency domain higher than 10 dB above the average noise spectrum should occur.

Test

1. For the measurements no test signal is used. In order to ensure a reliable activation of the terminal an activation signal is inserted before the actual measurement. The activation signal consists of a sequence of 4 Composite Source Signals according to ITU-T Recommendation P.501 [4]. The level of the activation level is adjusted to –16 dBm0, measured at the electrical reference point. The level of the activation signal is averaged over the complete duration of the activation signal.

2. The test arrangement is according to chapter 6.1. For the measurement of speakerphone hands-free terminals the artificial head is free-field equalized according to ITU-T Recommendation P.581 [13]. The equalized output signal of the right ear is used for the measurement. For headset hands-free terminals the sound pressure measured at the DRP and corrected to the ERP according to ITU-T Recommendation P.57 [x].

The idle channel noise is measured at the DRP in the frequency range between 50 Hz and 8 kHz. The measurement requires a time window which starts exactly at the end of the activation signal. Any ringing of filters or receivers or reverberance influence shall be taken into account. The time window must be shifted accordingly. The length of the time window is 1 second which is the averaging time for the idle channel noise. 

The power density spectrum of the noise signal is determined using FFT (8 k samples/48 kHz sampling rate). A Hanning window is used. 

3.
The idle channel noise is A-weighted. Spectral peaks are measured in the frequency domain. 

Out-of-Band Signals

Discrimination against Out-of-Band Signals in Sending Direction

Requirements

If out-of-band signals are generated at the MRP, they are transmitted to the terminal and possibly to the input of the speech decoder. For signals which are measured at the output of the speech decoder at the electrical reference point (POI) the following requirements shall apply:

For the measurement a white Gaussian noise band-limited in the frequency range between 4.6 kHz and 8 kHz with a level of –4.7 dBPa at the MRP is used. The total level - measured in a frequency range from 300 Hz to 3.4 kHz - is measured at the electrical reference point (POI) and shall be less than 40 dB referred to the reference level. The reference level is determined using artificial voice according to ITU-T Recommendation P.50 [4], band-limited in the frequency range between 300 Hz and 3.4 kHz with a level of –4.7 dBPa at the MRP. For this signal the in-band level averaged over the complete reference signal length is determined at the electrical reference point.

Test

1. The test arrangement is according to chapter 6.1.

2. In order to ensure a reliable activation of the hands-free terminal an activation signal is generated before the actual measurement starts. The activation signal consists of a sequence of 4 Composite Source Signals (CSS) according to ITU-T Recommendation P.501 [4]. The level of the activation level shall be –4.7 dBPa, measured at the MRP. The level of the activation signal is averaged over the complete activation sequence signal. 

3. Directly after the activation signal the actual test signal is inserted. A test signal is inserted exactly after the voiced sound of the last CSS burst (instead of the pn sequence). The duration of the test signal amounts to 200 ms.

4. The test signal is a white Gaussian noise, band-limited from 4.6 kHz to 8 kHz with a level of –4.7 dBPa at the MRP. The level of the test signal is averaged over the complete test signal sequence. 

5. For the analysis a rectangular window is used which is adapted to the test signal duration (200 ms). The signal level is determined in the frequency range from 300 Hz to 3.4 kHz at the electrical reference point (POI). The level of the reference signal (artificial voice according to ITU-T Recommendation P.50 [4], band-limited from 300 Hz to 3.4 kHz, 
-4.7 dBPa at the MRP) is determined at the electrical reference point (POI) as well. 

Note: 

With low sensitivity in sending direction the measured noise level may already exceed the required minimum out-of-band level.

Spurious Out-of-Band Signal in Receiving Direction

Requirements
The test signal used is artificial voice according to ITU-T Recommendation P.50 [4], band-limited in a frequency range between 300 Hz and 3.4 kHz with a level of -12 dBm0 in receiving direction. The level of the out-of-band signal is measured in a frequency range between 4.6 and 8 kHz at the hands-free loudspeaker and shall be at least 45 dB below the level of the reference signal. The level of the reference signal is determined by measuring the acoustical level of the in-band signal at the hands-free loudspeaker. 

Test

1. The test signal shall be artificial voice according to ITU-T Recommendation P.50 [4]. The level of the test signal is averaged over the complete test signal sequence.

2. The output signal of a measurement microphone positioned close to the hands-free loudspeaker is used for the measurement. By this the S/N of the tests can be improved as compared to measurements conducted with the artificial head.

3. The level of the out-of-band signal is determined between 4.6 and 8 kHz. The reference level is determined by measuring the in-band signal at the hands-free loudspeaker.  

Note: With low sensitivity in receiving direction the measured noise level may already exceed the required minimum out-of-band level.
Distortion in Receiving

EDITORS NOTE:

This requirement should be replaced by a requirement taking into account the possibility of non linear processing in the phone before the signals is fed to the reference path of the echo canceller.
Requirements 

The distortion in receiving is measured from the electrical reference point (input of the system simulator, POI) to the DRP. 

The harmonic distortion should be less than 3% when producing a sound pressure level needed to achieve a S/N (6 dB (see Ch. 7, preparation measurements) and for the maximum volume control setting.

Test

1. The test signal is a sinusoidal signal with a frequency of 300 Hz, 500 Hz and 1kHz. The test signal level is -16 dBm0. In order to guarantee a reliable activation of the hands-free terminal a sequence of 4 Composite Source Signals according to ITU-T Recommendation P.501 [4] is sent to the terminal before the actual test signal. The activation signal level is -16dBm0, measured at the electrical reference point. The activation signal level is averaged over the total length of the activation signal.

2. The test signal is inserted immediately after the activation sequence, after the voiced sound of the last CSS-burst (instead of the pn-sequence).The test signal duration is 200 ms.

3. For the analysis a Hanning window is used which is adapted to the duration of the test signal (200 ms). 

4. The harmonic distortion is measured for each test signal frequency. 

Echo Performance

Due to the expected delay in networks the echo loss presented at the electrical reference point (POI) should be at least 46 dB during single talk. This echo loss (TCLW) should be achieved for a wide range of acoustical environments and delays.

Note:

When realizing echo loss by speech-activated attenuation/gain control "Comfort Noise" should be inserted in case the signal is completely suppressed.

Terminal Coupling Loss (TCLW)

Requirements:

The TCLW in quiet environments should be at least 46 dB for nominal setting of the volume control. For maximum setting of the volume control TCLW should be higher than 40 dB. The implemented echo control mechanism should provide a sufficient echo loss for all typical environments and typical impulse responses.

When conducting the tests it should checked whether the signal measured is an echo signal and not comfort noise inserted in sending direction in order to mask an echo signal.

Test

1. All tests are conducted in the car cabin, the test arrangement is described in chapter 6.1. The background noise level shall be less than -70 dBPa(A). The attenuation between the input of the electrical reference point to the output of the electrical reference point is measured using a speech-like test signal.

2. Before the actual measurement a training sequence consisting of 10 seconds of artificial voice (male) and 10 seconds of artificial voice (female) according to ITU-T Recommendation P.50 [5] is inserted. The training sequence level shall be -16 dBmo.

3. The test signal is a pn sequence according to ITU-T Recommendation P.501 [4] with a length of 4096 points (48 kHz sampling rate) and a crest factor of 6 dB. The duration of the test signal is 250 ms, the test signal level is -3 dBm0. The low crest factor is achieved by random alternation of the phase between -180 ° and +180 °.

4. TCLW is calculated according to ITU-T Recommendation G.122 [11], annex B, clause B.4 (trapezoidal pseudo rule). For the calculation the average measured echo level at each frequency band is referred to the average level of the test signal measured in each frequency band. For the measurement a time window has to be applied which is adapted to the duration of the actual test signal (250 ms).

Echo Level vs. Time

Requirements

The measured echo attenuation during single talk should not vary more than 6 dB between the periods of the test signals (measured during the active signal parts) with the echo path kept constant. This requirement shall be applicable during the beginning of a call as well as during the conversation.

Test

1. The test arrangement is according to chapter 6.1.

2. The test signal consists of periodically repeated Composite Source Signal according to ITU-T Recommendation P.501 [4] with an average level of -5 dBmo as well as an average level of -25 dBm0. The echo signal is analyzed during a period of at least 2.8 s which represents 8 periods of the CS signal. The integration time for the level analysis shall be 35 ms, the analysis is referred to the level analysis of the reference signal.

3. The measurement result is displayed as attenuation vs. time. The exact synchronization between input and output signal has to be guaranteed.

Note:


The analysis is conducted only during the active signal part, the pauses between the Composite Source Signals are not analyzed. The analysis time is reduced by the integration time of the level analysis (35 ms).

Spectral Echo Attenuation

Requirements

The echo attenuation vs. frequency shall be below the tolerance mask given in table 7.5. 

	Frequency (Hz)
	Upper Limit

	100
	-20

	200
	-30

	300
	-38

	800
	-34

	1500
	-33

	2600
	-24

	4000
	-24

	Note 1: 
All sensitivity values are expressed in dB on an arbitrary scale.
Note 2:
The limit at intermediate frequencies lies on a straight line drawn between the given values on a log (frequency) – linear (dB) scale.

	


Table 7.5: Spectral Echo Attenuation Mask

During the measurement it should be ensured that the measured signal is really the echo signal and not the Comfort Noise which possibly may be inserted in sending direction in order to mask the echo signal.

Test

1. The test arrangement is according to chapter 6.1.

2. Before the actual measurement a training sequence is fed in consisting of 10 seconds CS signal according to ITU-T Recommendation P.501 [4]. The level of the training sequence is -16 dBm0.

3. The test signal consists of a periodically repeated Composite Source Signal. The measurement is carried out under steady-state conditions. The average test signal level is -16 dBm0, averaged over the complete test signal. 4 CS signals including the pauses are used for the measurement which results in a test sequence length of 1.4 s. The power density spectrum of the measured echo signal is referred to the power density spectrum of the original test signal. The analysis is conducted using FFT with 8 k points (48 kHz sampling rate, rectangular window). 

4. The spectral echo attenuation is analyzed in the frequency domain in dB.

Initial Convergence without Background Noise

Requirements

The initial convergence (echo attenuation vs. time) during single talk immediately after activating the hands-free terminal with maximum volume control setting should conform to the requirement in Fig. 7.1. 
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Fig. 7.1: 
Initial convergence, ERL vs. time

Test

1. The test arrangement is described in Ch. 6.1.

2. The test signal is applied immediately after setting up the call and setting the volume control to its maximum.

3. The test signal is a Composite Source Signal according to ITU-T Recommendation P.501 [4] repeated periodically. The average signal level is -16 dBm0. The echo signal is analyzed over a period of at least 5s. The analysis integration time is 35 ms, the analysis is referred to the level analysis of the reference signal.

4. The measurement is displayed as echo attenuation vs. time, measured signal and reference signal have to be synchronized in time.

Note:

The analysis is performed only during the active signal parts, the pauses between the bursts of the Composite Source Signal are not analyzed. The analysis time is reduced by the time constant of the level analysis due to the integration time of 35 ms.

Initial Convergence with Background Noise


Requirements

The initial convergence (echo attenuation vs. time) during single talk immediately after activating the hands-free terminal with background noise and with maximum volume control setting should conform to the requirement in Fig. 7.2. 
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Fig. 7.2: 
Initial convergence with background noise,  requirement on echo signal level vs. time

Test
1. The test arrangement is described in Ch. 6.1.

2. The background noise defined by the manufacturer/test house is played back at least 5 s before the start of the actual measurement. The test is conducted under simulated constant driving conditions.

3. The test signal is applied immediately after setting up the call and setting the volume control to its maximum.

4. The test signal is a Composite Source Signal according to ITU-T Recommendation P.501 [4] repeated periodically. The average signal level is -16 dBm0. The echo signal is analyzed over a period of at least 5s. The analysis integration time is 35 ms, the analysis is referred to the level analysis of the reference signal.

5. The measurement is displayed as echo attenuation vs. time, measured signal and reference signal have to be synchronized in time.

Note:

The analysis is performed only during the active signal parts, the pauses between the bursts of the Composite Source Signal are not analyzed. The analysis time is reduced by the time constant of the level analysis due to the integration time of 35 ms.

Echo Performance with Time Variant Echo Path

tbd

Switching Characteristics

Activation in Sending Direction

The activation in sending direction is mainly determined by the built-up time Tr,S,min and the minimum activation level (LS,min). The minimum activation level is the level required to remove the inserted attenuation in sending direction during idle mode. The built-up time is determined for the test signal burst which is applied with the minimum activation level.

The activation level described in the following is always referred to the test signal level at the mouth reference point (MRP). 

Requirements

The minimum activation level Ls,min should be ( -20 dBPa. 

The built-up time Tr,S,min (measured with minimum activation level) should be ( 50 ms.

Test

The structure of the test signal is shown in figure 7.3. The test signal consists of CSS components according to ITU-T Recommendation P.501 [4] with increasing level for each CSS burst.
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Fig. 7.3:
Test Signal to Determine the Minimum Activation Level and the Built-up Time

The settings of the test signal are as follows:

	
	CSS Duration/

Pause Duration 
	Level of the 

first CS Signal 

(active Signal Part at the MRP)
	Level Difference between two Periods of the Test Signal

	CSS to Determine Switching Charac​teristic in Sending Direction
	248.62 ms /

451.38 ms
	-23 dBPa *)


	1 dB


*) Note:


The level of the active signal part corresponds to an average level of  -24.7 dBPa at the MRP for the CSS according to ITU-T Recommendation P. 501 assuming a pause of 101.38 ms.

It is assumed that the pause length of 451.38 ms is longer than the hang-over time so that the test object is back to idle mode after each CSS burst.

1. The test arrangement is described in chapter 6.1.

2. The level of the transmitted signal is measured at the electrical reference point. The measured signal level is referred to the test signal level and displayed vs. time. The levels are calculated from the time domain using an integration time of 5 ms. 

3. The minimum activation level is determined from the CSS burst which indicates the first activation of the test object. The time between the beginning of the CSS burst and the complete activation of the test object is measured. 

Note:

If the measurement using the CS-Signal does not allow to clearly identify the minimum activation level, the measurement may be repeated by using a one syllable word instead of the CS-Signal. The word used should be of similar duration, the average level of the word must be adapted to the CS-signal level of the according CS-burst.

Activation in Receiving Direction

The activation in receiving direction is mainly determined by the built-up time Tr,R,min and the minimum activation level (LR,min). The minimum activation level is the level required to remove completely any attenuation inserted during the idle mode. The built-up time is determined from the level variation of the transmitted test signal which is applied with a minimum activation level.

The activation level described in the following is always referred to the test signal level at the electrical reference point (POI). 

In order to guarantee a higher accuracy when recording the transmitted signal in receiving direction a measurement microphone is used for this test and positioned close to the loudspeaker of the hands-free terminal.

Requirements 

The minimum activation level LR,min should be ( -35.7 dBm0 (measured during the active signal part). 

The built-up time Tr,R,min (measured with minimum activation level) should be ( 50 ms. 

Test

The signal construction is shown in figure 7.3. The test signal settings are as follows:

	
	CSS Duration/

Pause Duration
	Level of the 

first CS Signal 

(active Signal Part at the POI)
	Level Difference between two Periods of the Test Signals

	CSS to Determine Switching Characteristics

in Receiving Direction
	248.62 ms /

451.38 ms
	-38.7 dBm0 *)


	1 dB


*) Note:


The level of the active signal part corresponds to an average level of -40 dBmo at the POI for the CSS according to ITU-T Recommendation P. 501 assuming a pause of 101.38 ms.

1. The test arrangement is according to chapter 6.1.

2. The transmitted signal is recorded by a microphone positioned close to the loudspeaker. The measured signal level is referred to the test signal level and displayed vs. time. The integration time of the level analysis used should be 5 ms. 

3. The minimum activation level is determined from the CSS burst indicating the first activation of the test object. The duration between beginning of this CSS burst and the complete activation of the terminal is measured. 

Note:

If the measurement using the CS-Signal does not allow to clearly identify the minimum activation level, the measurement may be repeated by using a one syllable word instead of the CS-Signal. The word used should be of similar duration, the average level of the word must be adapted to the CS-signal level of the according CS-burst.

Attenuation Range in Sending Direction

The attenuation range in sending direction is determined by applying the test signal in sending direction after the terminal was activated in receiving direction. During the measurement the attenuation range in sending direction (AH,s) and the built-up time in sending direction (Tr,S) is determined.

Requirements

The attenuation range AH,S should be less than 20 dB.

The built-up time Tr,S should be less than 50 ms. It is recommended to reduce the attenuation within 15 ms to at least 13 dB below the final value.

Test 

The structure of the test signals is shown in figure 7.4. It consists of periodically repeated Composite Source Signal bursts used for activating the receiving direction and the voiced sound used to measure the sending direction.
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Fig.7.4:
Structure of the Test Signal for Measuring the Attenuation Range 

The test signals are synchronized in time at the acoustical interface. The delay of the test arrangement should be constant during the measurement.
Measurement 

1. The test arrangement is according to chapter 6.1.

2. The test signal used is according to figure 7.4, the receiving direction is activated first. The measurement parameters are as follows:

	
	Receiving Direction
	Sending Direction
(at the MRP )

	Average Signal Level

(including 101.38 ms Pauses)
	-16 dBmo
	---

	Active Signal Part


	-14.7 dBmo
	-3 dBPa


The level in receiving direction is determined at the electrical reference point.

3. The level is determined as level vs. time calculated from the time domain. The integration time of the levels analysis is 5 ms. The attenuation range is determined by calculating the difference between the measured level between the beginning of the test signal in sending direction (t1 in fig. 7.4) until complete activation in sending direction.

Attenuation Range in Receiving Direction

The attenuation range in receiving direction is determined after the terminal was activated in sending direction before. During the measurement the attenuation range in receiving direction (AH,R) as well as the built-up time in receiving direction (Tr,R) are determined.

Requirements
The attenuation AH,R should be less than 15 dB.

The built-up time Tr,R should be less than 50 ms. It is recommended to reduce the attenuation within 15 ms to less than 9 dB.

Test 

The structure of the test signal is shown in figure 7.4 Again CSS bursts are used for activating the opposite direction (now sending direction) and the voiced sound is used to measure the receiving direction. The test signals are synchronized in time at the acoustical interface. The delay of the test arrangement should be constant during the measurement.
Measurement 

1. The test arrangement is according to chapter 6.1.

2. The test signal shown in figure 7.4 is used, the sending direction is activated first.

The measurement parameters are as follows:

	
	Receiving Direction
	Sending Direction
(at the MRP )

	Average Level 

(including 101.38 ms Pauses)
	---
	-4.7 dBPa

	Active Signal Part
	-14.7 dBmo
	-3 dBPa


The level in receiving direction is determined at the electrical reference point.

3. The level is determined as level vs. time calculated from the time domain. The integration time of the level analysis is 5 ms. The attenuation is determined by calculating the difference between the beginning of the measured test signal in receiving direction (t1 in fig. 7.4) and the complete activation in receiving direction.

Double Talk Performance

During double talk the speech is mainly determined by 2 parameters: impairment caused by echo during double talk and level variation between single and double talk (attenuation range).

In order to guarantee sufficient quality under double talk conditions the Talker Echo Loudness Rating should be high and the attenuation inserted should be as low as possible. Terminals which do not allow double talk in any case should provide a good echo attenuation which is realized by a high attenuation range in this case.

The most important parameters determining the speech quality during double talk are (see ITU-T Recommendations P.340 [3] and P.502 [6]): 

· Attenuation range in sending direction during double talk AH,S,dt 

· Attenuation range in receiving direction during double talk AH,R,dt
· Echo attenuation during double talk 

Attenuation Range in Sending Direction during Double Talk: AH,S,dt

Requirements

Based on the level variation in sending direction during double talk AH,S,dt the behavior of hands-free terminals can be classified according to the following table.

	Category

(according to 
ITU-T P.340)
	1
	2a
	2b
	2c
	3

	
	Full Duplex Capability
	Partial Duplex Capability
	No Duplex Capability

	AH,S,dt [dB]
	£3


	£6
	£9
	£12
	>12


In general this table provides a quality classification of terminals regarding double talk performance. However, this does not mean that a terminal which is category 1 based on the double talk performance is of high quality concerning the overall quality as well.

Test

The test signal to determine the attenuation range during double talk is shown in figure 7.5. A sequence of uncorrelated CS signals is used which is inserted in parallel in sending and receiving direction. 


s(t) - Signal for one Direction

sdt(t) - Double Talk Signal

Fig. 7.5:
Double Talk Test Sequence with overlapping CS signals in sending and receiving direction

Figure 7.5 indicates that the sequences overlap partially. The beginning of the CS sequence (voiced sound, black) is overlapped by the end of the pn-sequence (white) of the opposite direction. During the active signal parts of one signal the analysis can be conducted in sending and receiving direction. The analysis times are shown in figure 7.5 as well. The test signals are synchronized in time at the acoustical interface. The delay of the test arrangement should be constant during the measurement.
The settings for the test signals are as follows:

	
	Receiving Direction
	Sending Direction



	Pause Length between two Signal Bursts
	151.38 ms
	151.38 ms

	Average Signal Level

(Assuming an Original Pause length of 101.38 ms)
	-16 dBmo
	-4.7 dBPa



	Active Signal Parts
	-14.7 dBmo
	-3 dBPa


EDITORS NOTE: Add time intervals for the rest of the CS-signal
1. The test arrangement is according to chapter 6.1. 

2. When determining the attenuation range in sending direction the signal measured at the electrical reference point is referred to the test signal inserted. 

3. The level is determined as level vs. time from the time domain. The integration time of the level analysis is 5 ms. The attenuation is determined from the level difference measured at the beginning of the double talk always with the beginning of the CS-signal in sending direction until its complete activation (during the pause in the receiving channel). The analysis is performed over the complete signal starting with the second CS-signal. The first CS-signal is not used for the analysis.

Attenuation Range in Receiving Direction during Double Talk: AH,R,dt

To ensure a higher accuracy measuring the transmitted signal in receiving direction a measurement microphone is used which is positioned as close as possible to the loudspeaker of the hands-free terminal. 

Requirements

Based on the level variation in receiving direction during double talk AH,R,dt the behavior of the hands-free terminal can be classified according to the following table.

	Category

(according to ITU-T P.340)
	1
	2a
	2b
	2c
	3

	
	Full Duplex Capability
	Partial Duplex Capability
	No Duplex Capability

	AH,R,dt [dB]
	£3


	£5
	£8
	£10
	>10


In general this table provides a quality classification of terminals regarding double talk performance. However, this does not mean that a terminal which is category 1 based on the double talk performance is of high quality concerning the overall quality as well.

Test

The test signal to determine the attenuation range during double talk is shown in figure 7.5. A sequence of uncorrelated CS signals is used which is inserted in parallel in sending and receiving direction. The test signals are synchronized in time at the acoustical interface. The delay of the test arrangement should be constant during the measurement.
The settings for the test signals are as follows:

	
	Receiving Direction
	Sending Direction

	Pause Length between two Signal Bursts
	151.38 ms
	151.38 ms

	Average Signal Level

(Assuming an Original pause Length of 101.38 ms)
	-16 dBmo
	-4.7 dBPa



	Active Signal Parts
	-14.7 dBmo
	-3 dBPa


EDITORS NOTE: Add time intervals for the rest of the CS-signal
1. The test arrangement is according to chapter 6.1. 

2. When determining the attenuation range in receiving direction the signal measured at the loudspeaker of the hands-free terminal is referred to the test signal inserted. 

3. The level is determined as level vs. time from the time domain. The integration time of the level analysis is 5 ms. The attenuation is determined from the level difference measured at the beginning of the double talk always with the beginning of the CS-signal in receiving direction until its complete activation (during the pause in the sending channel). The analysis is performed over the complete signal starting with the second CS-signal. The first CS-signal is not used for the analysis.

Detection of Echo Components during Double Talk

Requirements 

The echo attenuation during double talk is based on the parameter Talker Echo Loudness Rating (TELRdt). It is assumed that the terminal at the opposite end of the connection provides nominal Loudness Rating (SLR + RLR = 10 dB). “Echo Loss” is the echo suppression provided by the hands-free terminal measured at the electrical reference point. Under these conditions the requirements given in the table below are applicable (more information can be found in annex A of the ITU-T Recommendation P.340 [3]).

	Category

(according to ITU-T P.340)
	1
	2a
	2b
	2c
	3

	
	Full Duplex Capability
	Partial Duplex Capability
	No Duplex Capability

	Echo Loss [dB]
	( 27


	( 23
	( 17
	( 11
	< 11 


Test

1. The test arrangement is according to chapter 6.1. 

2. The double talk signal consists of a sequence of orthogonal signals which are realized by voice-like modulated sine waves spectrally shaped similar to speech. The measurement signals used are shown in the figure below. A detailed description can be found in ITU-T Recommendation P.501 [4].

The signals are fed simultaneously in sending and receiving direction. The level in sending direction is –4.7 dBPa at the MRP (nominal level), the level in receiving direction is  -16 dBmo at the electrical reference point (nominal level).
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Settings for the signals are as follows: 

Receiving Direction



Sending Direction

__________________________________________________________________________
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Parameters of the Shaping Filter: Low Pass Filter, 5 dB/oct. 

Fig. 7.6:
Parameters of the two Test Signals for Double Talk Measurement based on AM-FM modulated sine waves

3. The test signal is measured at the electrical reference point (sending direction). The measured signal consists of the double talk signal which was fed in by the artificial mouth and the echo signal. The echo signal is filtered by comb filter using mid-frequencies and bandwidth according to the signal components of the signal in receiving direction (see ITU-T Recommendation P.501 [4]). The filter will suppress frequency components of the double talk signal.

4. In each frequency band which is used in receiving direction the echo attenuation can be measured separately. The requirement for category 1 is fulfilled if in any frequency band the echo signal is either below the signal noise or below the required limit. If echo components are detectable, the classification is based on the table above. The echo attenuation is to be achieved for each individual frequency band according to the different categories.
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