- 62 -

FG FITCAR-C-13

	INTERNATIONAL TELECOMMUNICATION UNION
	Focus Group On "From/In/To Car Communication"

	TELECOMMUNICATION
STANDARDIZATION SECTOR

STUDY PERIOD 2005-2008
	FG FITCAR-C-13

	
	English only

Original: English

	
	
	Nürnberg, 12 September 2007

	CONTRIBUTION

	Source:
	Chairman of the Focus Group

	Title:
	Draft 4 Specification "Hands-Free Communication in Motor Vehicles" (fourth version)

	


Hands Free Communication in Motor Vehicles

Summary
This Specification 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.

Keywords

Hands Free, Headset, Motor Vehicles, Quality of Service, QoS

Contents

51
Scope


62
References


73
Definitions


74
Abbreviations


75
Conventions


76
Test Arrangement


96.1
Test Arrangement in a Car


96.1.1
Microphone related Simulation


106.1.2
Positioning of the Hands-free Terminals


116.1.3
Artificial Mouth


116.1.4
Artificial Ear


116.1.5
Influence of the transmission system


116.1.6
Calibration and Equalization


116.1.6.1
Calibration:


126.1.6.2
Reference Measurement:


126.1.7
System Simulator Settings


127
Digital interface concept for development and debugging


127.1
Input from VW/TU Braunschweig


147.1.1
Test Signals and Test Signal Levels


147.1.2
Signals


157.1.3
Background Noise Signals


228
Measurement Parameters and Requirements


228.1
Preparation Measurements


228.2
Delay


228.2.1
Delay in Sending Direction


228.2.1.1
Requirements


228.2.1.2
Test


238.2.2
Delay in Receiving Direction


238.2.2.1
Requirements


248.2.2.2
Test


248.3
Loudness Ratings


248.3.1.1
Requirements


258.3.2
Loudness Rating in Sending Direction


258.3.3
Loudness Rating in Receiving Direction


268.3.4
Variation of Loudness Rating in Receiving Direction


268.3.4.1
Requirements


268.3.4.2
Test


278.4
Sensitivity Frequency Responses


278.4.1
Sending Sensitivity Frequency Response


278.4.1.1
Requirements


288.4.1.2
Test


288.4.2
Receiving Sensitivity Frequency Response


288.4.2.1
Requirements


298.4.2.2
Test


298.5
Speech Quality during Single Talk


298.5.1
One Way Speech Quality in Sending


298.5.1.1
Test


298.5.2
One Way Speech Quality in Receiving


298.5.2.1
Test


308.6
Idle Channel Noise


308.6.1
Idle Channel Noise in Sending Direction


308.6.1.1
Requirements


308.6.1.2
Test


308.6.2
Idle Channel Noise in Receiving Direction


308.6.2.1
Requirements


318.6.2.2
Test


318.7
Out-of-Band Signals


318.7.1
Discrimination against Out-of-Band Signals in Sending Direction


318.7.1.1
Requirements


328.7.1.2
Test


328.7.2
Spurious Out-of-Band Signal in Receiving Direction


328.7.2.1
Requirements


328.7.2.2
Test


338.8
Distortion in Receiving


338.8.1.1
Requirements


338.8.1.2
Test


348.9
Echo Performance without background noise


348.9.1
Terminal Coupling Loss (TCLW)


348.9.1.1
Requirements:


348.9.1.2
Test


358.9.2
Echo Level vs. Time


358.9.2.1
Requirements


358.9.2.2
Test


358.9.3
Spectral Echo Attenuation


358.9.3.1
Requirements


368.9.3.2
Test


368.9.4
Initial Convergence without Background Noise


368.9.4.1
Requirements


378.9.4.2
Test


388.9.5
Initial Convergence with Background Noise


388.9.5.1
Requirements


388.9.5.2
Test


398.9.6
Echo Performance with Time Variant Echo Path


408.9.7
Switching Characteristics


408.9.7.1
Activation in Sending Direction


418.9.7.2
Activation in Receiving Direction


428.9.7.3
Attenuation Range in Sending Direction


448.9.7.4
Attenuation Range in Receiving Direction


458.10
Doubletalk performance


458.10.1
Attenuation Range in Sending Direction during Double Talk: AH,S,dt


458.10.1.1
Requirements


468.10.1.2
Test


488.10.2
Attenuation Range in Receiving Direction during Double Talk: AH,R,dt


488.10.2.1
Requirements


488.10.2.2
Test


498.10.3
Detection of Echo Components during Double Talk


498.10.3.1
Requirements


498.10.3.2
Test


518.11
Background Noise Transmission


518.11.1
Ambient Noise Rejection


518.11.1.1
Requirements


518.11.1.2
Test


528.11.2
Background Noise Transmission after Call Setup


528.11.2.1
Requirements


528.11.2.2
Test


528.11.3
Quality of Background Noise Transmission (with Far End Speech)


528.11.3.1
Requirements


528.11.3.2
Test


538.11.4
Quality of Background Noise Transmission (with near End Speech)


538.11.4.1
Requirements


538.11.4.2
Test


548.11.5
"Comfort Noise" Injection


549
Guidance on subjective testing


6010
Corded Headsets


6010.1
Connector Type


6010.2
Connector Wiring and Electrical Specifications


6010.3
Headset Receive Characteristics


6010.4
Headset Transmit Characteristics


6010.5
Standard Behaviour in the Presence of Corded Headsets


6011
Wireless Headsets


6011.1
Wireless Headset Types


6011.2
Test Methodology for Verification of Standard Behaviour


6011.3
Standard Behaviour in the Presence of Wireless Headsets


6011.3.1
Associate Headset with Vehicle


6011.3.2
Enter the Vehicle


6011.3.3
Receive a Call


6011.3.4
Make a Call


6011.3.5
Terminate a Call


6011.3.6
Exit the Vehicle


6011.3.7
Listen to Other Audio Source


6011.3.8
Switch between Other Audio and Telephony


6011.3.9
Intra-vehicle Communications


61Annex A: Speech Quality Measurements


61A.1
One Way Speech Quality in Sending


62A.2
One Way Speech Quality in Receiving




1 Scope

The aim of this Specification is the definition of use cases and test methods for hands-free communication in vehicles. The Specification 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 Specification 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 Specification are based on test signals and test procedures as defined in ITU-T Recommendations P.50, P.501, P.502 and P.340.
2 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

3 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>

4 Abbreviations

<Include all abbreviations used in this Recommendation>

5 Conventions

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

6 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. Table 6.1 provides an overview of the speech codecs used. 

Table 6.1: Overview of speech codecs used

	System
	Codec

	GSM 900, 1800, 1900
	GSM Full Rate Codec

	3GPP (UMTS]
	AMR with 12,2 kbit/s 

	AMPS
	Demodulated analog signal

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

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


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.

Note 1: A variation of the bitrate of codecs with variable bitrates will influence the speech quality. In order to take into account “real life” conditions bitrates used in the real network should be used for testing and optimization. 
Note 2: For some mobile phones used in the hands-free setup the signal processing cannot be switched of completely. Therefore care should be taken to use only such phones for the tests which do not introduce additional AGC.
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Figure 1:
Test Arrangement for Hands-free Terminal
The test circuit for microphone measurements is shown in figure 2.
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Figure. 2:
Test Arrangement for Hands-free Microphones and Microphone Arrangements 

6.1 Test Arrangement in a Car

6.1.1 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.


[image: image3]
Figure 2: Test arrangement with background noise simulation
6.1.2 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% of the tallest people and 5% of the smallest people 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.

Note: Different positions of the artificial head may highly 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 sending may be worse.

6.1.3 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]. 

6.1.4 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.380.

6.1.5 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. 

6.1.6 Calibration and Equalization

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

6.1.6.1 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

6.1.6.2 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.

6.1.7 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 12.2 kb/s is used.

7 Digital interface concept for development and debugging
8 The interface concept described in this section can be used for the purposed of development, testing and debugging of hands-free implementations specifically during the development and optimization process. It can be applied if the digital interfaces are available, typically in the case of prototype or development boards.
8.1 Interfaces and access points

Digital interfaces allow to record and investigate signals at the specified access points. Some of the digital interfaces at access points before the HF system processing should also allow for writing/adding a digital signal to the signal path. This is true for the sending as well as for the receiving path. 

Depending on the access point, any of the following three access means should be possible:

· READ: Writing the respective signal into a file

· WRITE: Replacing a certain signal in the system by a digital signal from a file

· ADD: Adding a digital signal from a file to a certain signal in the system 

Figure 3 gives an overview to the digital interfaces that are useful for development and debugging.
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Fig. 3:
Digital Interface Concept

The digital interfaces (DI) are called DI-{R | S}n with R standing for receiving path and S standing for sending path. The number n is used to distinguish between different digital interfaces in sending and receiving path, respectively.

DI-R1 can be used to record transmitted far-end speech (READ) or to test the hands-free device under test using recorded signals without actual involvement of a system tester (WRITE).

DI-R2 in comparison with DI-R1 can be used to evaluate the HF systems core algorithms in the receiving path. Here only READ access should be realized.

In some systems further digital signal processing may be used, connected digitally or analog to the HF algorithmic core system. In this case DI-R3 yields useful signals to evaluate this system component. Such further acoustic signal processing may comprise an artificial bandwidth extension, or it may comprise typical audio processing functions related to a number of loudspeakers used (equalizers, room effects).

In the sending path, DI-S2 is the access point of highest interest. If any of the digital access points is realized, this one shall be realized as well. It allows recording (READ) of any test case signals after the AD converter. Developers and testers may choose this access point to pre-record all near-end noises in their test scenario, stemming from real driving situations or from a background noise playback arrangement. Also they may choose to pre-record all near-end speech or speech-like signals in their test scenario. DI-S2 should also allow WRITE access.

Given unchanged analog processing and AD conversion in the sending path, the recorded noise and near-end signals can then be used to repeat test cases in an efficient way. This becomes possible by digital offline addition of near-end speech and noise, and by feeding this signal back into the sending input path to the HF system DI-S2inadd (ADD). In such case only the echo needs to be available in the car cabin. Therefore, no exact positioning of the HATS is required, or no HATS at all is necessary. A reduction in test effort is achieved by avoiding background noise simulation or even testing with real driving noise. 

Finally, DI-S1 allows to access the HF system output signal in sending direction (READ). This signal gives important information about the core HF system’s functionality: Namely acoustic echo cancellation and noise reduction. In end-to-end test simulations (near-end to far-end) it is sometimes hard to relate problematic HF equipment behavior to the HF system stand-alone, or to its interaction with speech codec or network-sided voice enhancement devices. Investigation of signals recorded via DI-S1 may give an answer to this question.

One of the following formats should be supported:

· 16 bit linear PCM

· G.711 A-law

· G.711 µ-law

The sampling frequency of the digital interfaces should be 8 kHz, except where processing in the HF system is performed at different sampling rates. When using different sampling rates at the test system appropriate up- and down-sampling should be used.
8.1.1 Test Signals and Test Signal Levels

8.1.2 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]

Note: If different networks signal levels are to be used in a tests this is stated in the individual test. The “Lombard Effect” (increased talker speech level due to high background noise) is considered in the background noise tests.

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. 

8.1.3 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 speed 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.

Alternatively the background noise can be inserted electrically to the microphone signal. Therefore the background noise signal recorded at the electrical output of the hands-free microphone(s) is inserted at the electrical access point which was used for the recording. Appropriate electronics allowing the mix of the previously recorded background noise signal(s) with the microphone signal(s) at this access point has to be provided, see Figure 3. The test lab has to ensure the right calibration of the two signals.
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Figure 3: Setup for electrical insertion of the prerecorded background noise signal

Note: structure borne noise is also covered with this arrangement, which is part of the microphone recording.

9 Measurement Parameters and Requirements for Microphones and Microphone Arrangements

9.1 Microphone Sensitivity

The microphone sensitivity can be determined using two different methods. When determining the sensitivity in an anechoic chamber typical environmental conditions found in cars cannot be taken into account. The microphone output will change depending on the installation location. When determining the sensitivity in the car individually the output voltage can be adapted for various cars identically.

Depending on the manufacturer’s goal, either method 1 or method 2 shall be used. 

9.1.1 Microphone Sensitivity in Anechoic Conditions 

Requirements

The microphone sensitivity is measured form the MRP to the output of the test circuit according to figure 2.

The microphone sensitivity shall be 

For new developments the microphone sensitivity shall be 300 mV/Pa.

The overload point shall be > 15 dB.

Test
1. The test signal is a sine wave of 1 kHz at a level of -10 dBPa measured at the MRP.
2. The microphone sensitivity is measured in an anechoic chamber. The measurement distance between MRP of the artificial head and the microphone is 50 cm.
3. The sensitivity is determined in mV/Pa. 

9.1.2 Microphone Sensitivity in the Car

Requirements

The microphone sensitivity is determined from MRP to the output of the test circuit according to figure 2.

The microphone output voltage shall be 

17 mVss with -10dBPa at MRP (3 dB.

(equivalent to a microphone sensitivity of about 300 mV/Pa and a measurement in anechoic conditions at 50 cm distance microphone – MRP)

Test
1. The test signal is a one third octave noise signal with a mid-frequency of 1 kHz and a level of -10 dBPa  measured at the MRP.
2. The microphone sensitivity is determined in a car with a microphone installed. The test arrangement is according to the arrangement described in chapter 4.1.
3. The output voltage is determined in mV. 

9.2 Overload point

Requirements

The overload resistance shall be > 15 dB (referred to a nominal sound pressure level of –4.7 dB Pa at the MRP and a distance of 50 cm).
Test
1. The test signal is a one third octave noise signal with a mid-frequency of 1 kHz and a level -10 dBPa  and + 5 dB Pa measured at the MRP.

2. The overload point is determined in anechoic conditions. The distance between the MRP and the microphone is 30 cm. (Note: Since the artificial mouth is unable to produce a sound pressure of 10.3 dBPa the distance between artificial mouth and microphone is reduced to 30 cm).
3. The output voltage is determined in mV. The deviation of the measured sensitivities shall be less than 0.1 dB. 
9.3 Microphone Distortion 
Requirements
The microphone distortions are measured from the MRP to the output of the test circuit according to figure 2 in anechoic condtions.

The harmonic distortions with a sound pressure level of -5 dBPa shall be less than 0.5% , the harmonic distortions with a sound pressure level of 0 dBPa shall be less than 1%.

Test
1. The test signal is a sine wave with a frequency of 300 Hz, 500 Hz and 1 kHz and a level of -5 dBPa and 0 dBPa. 
2. The microphone distortion is determined in an anechoic chamber. The measurement distance between the MRP of the artificial head and the microphone is 50 cm.
3. The harmonic distortions are measured for each test signal frequency. 

9.4 Microphone Frequency Response in the Car

Requirements

The microphone frequency response is measured from the MRP to the output of the test circuit according to figure 2.

The tolerance mask for the sensitivity frequency response in sending direction is given in table 5.1, the limit at intermediate frequencies lies on a straight line drawn between the given values on a log (frequency) – linear (dB) scale.
Table 9.1: Tolerance Mask for the Sending Sensitivity Frequency Response
	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 


Test
1. The test arrangement is according to chapter 6.1.
2. The test signal artificial voice according to ITU-T Recommendation P.50 [5] is used. Alternatively, a periodic noise signal or CS signal according to ITU-T Recommendation P.501 [4] can be used. The correct activation of the measurement object during the measure​ment has to be ensured by the test lab. The artificial mouth is equalized at the MRP, the test signal level shall be -4.7 dBPa at the MRP. The test signal level is the average level of the complete test signal. Finally the level at the HATS-HFRP is adjusted to -28.7 dBPa. 
3. The measured power density spectrum at the MRP is used as the reference power density spectrum for determining the frequency response in sending direction. 
4. The sensitivity frequency response is deter​mined in third octave intervals as given by the R. 40 series of preferred numbers in ISO 3 [9] for frequencies of 100 Hz and 4 kHz inclusive. For calculation the average measured level is referred to the level of the reference signal in each frequency band averaged over the complete test sequence length. 
5. The sensitivity is determined in dBV/Pa.

9.5 Idle Channel Noise

Requirements

The maximum idle channel noise in sending direction measured at the output of the test circuit according to figure 2 in quiet conditions shall be less than -65 dBV(P)]. Spectral peaks in the frequency domain shall not exceed the average spectrum by more than 10 dB: 

Test
1. For the measurement no test signal is used. In order to ensure a reliable activation of active microphone arrangements 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 at the MRP is calibrated under free-field conditions. The level of the activation signal is 
- 28.7 dBPa measured at the HATS-HFRP. 

2. The test arrangement is according to chapter 6.1. 

The idle channel noise is measured at the output of the test circuit according to figure 2 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 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 test lab has to ensure the correct activation of the microphone/microphone arrangement during the measurement. If the microphone arrangement is deactivated during measurement, the measurement window has to be cut to the duration when the microphone 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. 

If it is known that the microphone stays activated without any activation signal, no activation signal is required. In this case a simple noise measurement is conducted.

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

9.6 Ambient Noise Rejection (in the Car)

Requirements

Microphones and microphone arrangements typically have to operate with high background noise without causing any impairment. Any background noise should be reduced as much as possible. It is a known fact that low bit rate speech coders which are optimized for speech sometimes react very sensitive on background noise.

The ambient noise rejection is determined as D value from DELSM according to ITU-T Recommendation G.111. D shall be ≥ -13 dB. For good operation a D value of ≥ -6dB should be achieved.

Test
1. The test arrangement is according to chapter 6.1. 

2. Depending on the manufacturer/test lab requirements the background noise - which represents a typical driving condition - is inserted. The test shall be conducted under constant background noise conditions. The background noise has to be inserted at minimum 5 seconds before the actual measurement starts in order to allow adaptation of possible background noise reduction algorithms.

3. The sending signal is recorded at the output of the test circuit according to figure 2. The measurements are performed in third octave bands according to IEC 225 [12] in bands 4 - 17 (200 Hz - 4 kHz). In each band the diffuse field sensitivity Ssi(diff) is measured. The result is scaled in dBV/Pa.

4. The speech signal is simulated by a Composite Source Signal according to ITU-T Recommendation P.501 [4] with a duration of ( 2 CS sequences. The level at the MRP is -4.7 dBPa. The direct sensitivity Ssi(direct) is measured again in third octave bands according to IEC 225 [12] in bands 4 - 17 (200 Hz-4 kHz) and scaled in dBV/Pa.

5. The D value according to ITU-T Recommendation P.79 [8], Annex E, formula E2 and E3 is calculated in bands 4-17. The coefficients Ki as described in table E1 are used. 

10 Measurement Parameters and Requirements for Hands-Free Te
rminals
10.1 Preparation Measurements

10.2 Delay

10.2.1 Delay in Sending Direction

10.2.1.1 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 delay shall be less than 50 ms.  

Note 1: The Delay should be minimized!
Note 2: The delay requirement assumes a delay of maximum 8 ms inserted by a potential Bluetooth link. Therefore tests should be made with a Bluetooth mobile phone which introduces a low delay. 
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Figure 4: Different blocks contributing to the delay in sending
The system delay tSystem is depending on the transmission method used and the network simulator. The delay tsystem must be known.

10.2.1.2 Test

1. For the measurements a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [4] is used. The pseudo random noise (pn)-part of the CSS has to be longer than the maximum expected delay. It is recommended to use a pn sequence of 16 k samples (with 48 kHz sampling rate). 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.

10.2.2 Delay in Receiving Direction

10.2.2.1 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 delay shall be less than 50 ms.  

Note 1: The Delay should be minimized!
Note 2: The delay requirement assumes a delay of maximum 8 ms inserted by a potential Bluetooth link. Therefore tests should be made with a Bluetooth mobile phone which introduces a low delay.
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Figure 5: Different blocks contributing to the delay in receiving

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

10.2.2.2 Test

1. For the measurements a Composite Source Signal (CSS) according to ITU-T Recommendation P.501 [4] is used. The pseudo random noise (pn)-part of the CSS has to be longer than the maximum expected delay. It is recommended to use a pn sequence of 16 k samples (with 48 kHz sampling rate). 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.

10.3 Loudness Ratings

10.3.1.1 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. 

10.3.2 Test 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.

10.3.3 Test 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.

10.3.4 Variation of Loudness Rating in Sending Direction

10.3.4.1 Requirements

For acoustical signal level variation in the range of -3 dB /+6 dB from the nominal signal level the measured SLR shall not deviate more than +/- 0.2 dB from the SLR measured with nominal signal level.

Note 1: It is recognized that under certain conditions the use of AGC not fulfilling the requirements stated above is useful. This e.g. may be under certain network conditions. Under such conditions the linearity requirement may not be appropriate.

10.3.4.2 Test

1. The test signal used for the measurements shall be artificial voice according to ITU-T Recommendation P.50 [5]. The test signals are  -7.7 dBPa and +1.3 dBPa, measured 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 –31.7 dBPa and –22.7 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.
10.3.5 Variation of Loudness Rating in Receiving Direction

10.3.5.1 Requirements

With nominal volume control setting for network signal level variations of +/- 5 dB from the nominal signal level the measured RLR shall not deviate more than +/- 0.2 dB from the RLR measured with nominal signal level and nominal volume control setting. 

10.3.5.2 Test

1. The test signal used for the measurements shall be artificial voice according to ITU-T Recommendation P.50 [5]. The test signals are  -11 dBmo and -21 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.

10.4 Sensitivity Frequency Responses

10.4.1 Sending Sensitivity Frequency Response

10.4.1.1 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. 

Table 7.1: Tolerance Mask for the Sending Sensitivity Frequency Response

	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.


10.4.1.2 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.

10.4.2 Receiving Sensitivity Frequency Response

10.4.2.1 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.
Table 7.2: Tolerance Mask for the Receiving Sensitivity Frequency Response

	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.


10.4.2.2 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.

Note: Different listener position should be taken into account. Therefore the measurement should be repeated by moving the seat with the artificial head in different, typical positions.

10.5 Speech Quality during Single Talk

10.5.1 One Way Speech Quality in Sending


Requirement

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

MOS LQO-N ( 3,0 

10.5.1.1 Test

A test method for measuring the one way speech quality is described in the annex.

10.5.2 One Way Speech Quality in Receiving

Requirement

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

MOS LQO-N ( 3.0 

10.5.2.1 Test

A test method for measuring the one way speech quality is described in the annex.


10.6 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.

10.6.1 Idle Channel Noise in Sending Direction

10.6.1.1 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. 

10.6.1.2 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.

10.6.2 Idle Channel Noise in Receiving Direction

10.6.2.1 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.

10.6.2.2 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. 

10.7 Out-of-Band Signals

10.7.1 Discrimination against Out-of-Band Signals in Sending Direction

10.7.1.1 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.

10.7.1.2 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). Any “ringing” of filters or receivers or reverberance influence shall be taken into account, the time window must be shifted accordingly. 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.

10.7.2 Spurious Out-of-Band Signal in Receiving Direction

10.7.2.1 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. 

10.7.2.2 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 1: With low sensitivity in receiving direction the measured noise level may already exceed the required minimum out-of-band level.

Note 2: This measurement method does not apply to systems including artificial bandwidth extension. 
10.8 Distortion in Sending

10.9 Distortion in Receiving



10.9.1.1 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.



10.9.1.2 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. 

Note: This measurement method does not apply to systems including artificial bandwidth extension. 

10.10  Echo Performance without background noise
Due to the expected delay in networks the echo loss presented at the electrical reference point (POI) should be at least 50 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.

10.10.1  Terminal Coupling Loss (TCLW)

10.10.1.1 Requirements
The TCLW in quiet environments should be at least 50 dB for nominal setting of the volume control. For maximum setting of the volume control TCLW should be higher than 50 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 or noise emitted by the loudspeakers. This could be checked e.g. by conducting the idle channel noise measurement with maximum volume control setting.
10.10.1.2 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).

10.10.2  Echo Level vs. Time

10.10.2.1 Requirements

This test is intended to verify that the system will maintain sufficient echo attenuation during single talk. The measured echo attenuation during single talk should not decrease by more than 6 dB from the maximum measured during the test

Note 1: The echo path is kept constant during this test, and the test should begin X seconds after the initial application of a reference signal such that a steady state converged condition is achieved

Note 2: The analysis is conducted only during the active signal part

10.10.2.2 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. In addition the test is repeated with artificial voice according to ITU-T Recommendation P.50. A sequence of male and female voice is used. The average test signal level is -16 dBm0. The echo signal is analyzed during the complete test 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: When testing using CSS 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).

10.10.3  Spectral Echo Attenuation

10.10.3.1 Requirements

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

Table 7.5: Spectral Echo Attenuation Mask

	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.

	


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.
Note: This requirement should be fulfilled at any point in time. Therefore it should be verified at different time intervals of the test sequence.

10.10.3.2 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.

10.10.4  Initial Convergence without Background Noise

10.10.4.1 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 Figure 7.1. 
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Figure 7.1: 
Initial convergence, TCL vs. time

10.10.4.2 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. In addition the test is repeated with artificial voice according to ITU-T Recommendation P.50. One sequence of male and a second one consisting of female voice is used. The starting point of each signal is as defined by the start of the sequence provided by the ITU-T in Recommendation P.50. The average test 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 1: The analysis of the CSS 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.
Note 2: The required performance for artificial voice signals should be achieved for different starting points of the artificial voice signal.
10.10.5  Initial Convergence with Background Noise

10.10.5.1 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 Figure 7.2. 
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Figure 7.2: Initial convergence with background noise, requirement on echo signal level vs. time

10.10.5.2 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. This allows time for some adaptive algorithms in the hands-free unit which are constantly monitoring the microphone signal to stabilize, (e.g. AGC, NR). 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. In addition the test is repeated with artificial voice according to ITU-T Recommendation P.50. One sequence of male and a second one consisting of female voice is used. The starting point of each signal is as defined by the start of the sequence provided by the ITU-T in Recommendation P.50. The average test 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. 

Note 1: 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.
Note 2: The required performance for artificial voice signals should be achieved for different starting points of the artificial voice signal.


10.10.6  Echo Performance with Time Variant Echo Path


10.10.6.1 Requirements

This test is intended to verify that the system will maintain sufficient echo attenuation during time variant echo path. The measured echo attenuation measured with a time varying echo path should not decrease by more than 6 dB from the maximum measured during the test. 

The time variant echo path is realized by a piece of  cardboard, wood or plastics with a size of 30cm x 40 cm which is positioned on the co-drivers seat and which is constantly moving from 0( (cardboard plain on the co-drivers seat) to 90( (mostly parallel to the backrest) and back to 0( with a rate of 90(/s.
10.10.6.2 Test

1. Before conducting the test the echo canceller should be fully converged.

2. The test arrangement is according to chapter 6.1.
3. Before starting the measurement the movement of the cardboard is switched on.
4. 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. In addition the test is repeated with artificial voice according to ITU-T Recommendation P.50. A sequence of male and female voice is used. The average test signal level is -16 dBm0. The echo signal is analyzed during the complete test signal. The integration time for the level analysis shall be 35 ms, the analysis is referred to the level analysis of the reference signal.

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

Note: When using the CSS 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).


10.10.7  Switching Characteristics

10.10.7.1 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). 

10.10.7.1.1 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.

10.10.7.1.2 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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Figure 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.

10.10.7.2 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.

10.10.7.2.1 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. 

10.10.7.2.2 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.

10.10.7.3 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.

10.10.7.3.1 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.

10.10.7.3.2 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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Figure7.4:
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.

10.10.7.3.3 Test
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.

10.10.7.4 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.

10.10.7.4.1 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.

10.10.7.4.2 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.

10.10.7.4.3 
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.

10.11  Doubletalk 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 

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

10.11.1.1 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


The requirements apply for nominal and maximum setting of the receive volume control.

The requirements apply for nominal signal levels in sending and receiving direction as well as for the level combinations +6 dB (re. nominal level) in sending/-6 dB (re. nominal level) in receiving and +6 dB (re. nominal level) in receiving/-6 dB (re. nominal level) in sending.
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.

10.11.1.2 Test

s(t) - Signal for one Direction

sdt(t) - Double Talk Signal

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. 
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Figure 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


The tests are repeated with maximum volume control setting in Receiving direction.

In addition the following signal level combinations (average signal level):

	Receiving Direction
	Sending Direction



	-10 dBmo
	-10.7 dBPa



	-22 dBmo
	+1.3 dBPa


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.

10.11.2  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. 

10.11.2.1 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


The tests are repeated with maximum volume control setting in Receiving direction.

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.

10.11.2.2 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


The tests are repeated with maximum volume control setting in Receiving direction.
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.

10.11.3  Detection of Echo Components during Double Talk

10.11.3.1 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 


10.11.3.2 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 given in Figure 7.6. 
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Parameters of the Shaping Filter: Low Pass Filter, 5 dB/oct. 

Figure 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.

10.12  Background Noise Transmission
10.12.1  Ambient Noise Rejection

10.12.1.1 Requirements

The efficiency of noise reduction is calculated as D value from DELSM according to ITU-T Recommendation G.111. The result shall be higher than –13 dB. Note that a D value higher than 0 dB is recommended. 

10.12.1.2 Test

1. The test arrangement is according to chapter 6.1. 

2. According to specifications of manufacturer/test lab a realistic background noise is played back. The noise scenario should represent a constant driving situation. Before starting the actual measurement the background noise should be applied for at least 5 seconds in order to allow adaptation of the noise reduction algorithms.

3. The signal in sending direction is recorded at the electrical reference point (POI). The measurements are carried out in third octave according to IEC 225 [12] in the frequency bands 4 - 17 (200 Hz - 4 kHz). In each band the diffuse field sensitivity Ssi(diff) is measured. The result is expressed in dBV/Pa.

4. The near end speech is simulated by applying a Composite Source Signal according to ITU-T Recommendation P.501 [4] with a duration of ( 2 CSS periods. The level is adjusted to +1.3 dBPa at the MRP in order to take into account the Lombard Effect. The direct sound sensitivity Ssi(direct) is also calculated in third octave bands according to IEC 225 [12] in the frequency bands 4 - 17 (200 Hz - 4 kHz). The result is expressed in dBV/Pa.

5. The D value is calculated according to ITU-T Recommendation P.79 [8], annex E, formula E2 and E3 in the frequency bands 4 - 17. The coefficients Ki are used according to table E1. 

10.12.2  Background Noise Transmission after Call Setup

10.12.2.1 Requirements 

The analysis based on the Relative Approach [14] should not indicate remarkable characteristics exceeding 6 cp/cPa. The first transmitted signal peak in sending direction should not cause higher excitation than 15 cp/cPa between 300 Hz and 3.4 kHz.
10.12.2.2 Test

1. The test arrangement is given in chapter 4.1. 

2. According to the specification of the manufacturer/test lab the background noise is played back. The test should be carried out during a constant driving situation.

3. The terminal is switched off and on again (to provide a reset) and a call established by the system simulation. The incoming call is answered at the terminal. Special care should be taken not to produce any disturbances or unwanted noise by touching the terminals housing while answering the incoming call.

4. The transmitted signal in sending direction is recorded at the POI starting at least 1 s before the call is answered and for at least 7 s after the call is established. The analysis range is chosen to 8 s including an initial pause of 1 s before the call was established.

5. The recorded signal is analyzed using the Relative Approach [14].

10.12.3  Quality of Background Noise Transmission (with Far End Speech)

10.12.3.1 Requirements

The test is carried out applying the Composite Source Signal in receiving direction. During and after the end of Composite Source Signal bursts (representing the end of far end speech simulation) the signal level in sending direction should not vary more than 10 dB (during transition to transmission of background noise without far end speech).

10.12.3.2 Test 

1. The test arrangement is according to chapter 6.1. 

2. According to the specification of the manufacturer/test lab the background noise is played back. The test should be carried out during a constant driving situation. 

3. First the measurement is conducted without inserting the signal at the far end. At least 10 of noise are recorded. The background signal level versus time is calculated using a time constant of 35 ms. This is the reference signal.
4. In a second step the same measurement is conducted but with inserting the CS-signal at the far end. The exactly identical background noise signal is applied. The background noise signal must start at the same point in time which was used for the measurement without far end signal. The background noise should be applied for at least 5 seconds in order to allow adaptation of the noise reduction algorithms. After at least 5 seconds a Composite Source Signal according to ITU-T Recommendation P.501 [4] is applied in receiving direction with a duration of ( 2 CSS periods. The test signal level is –16 dBm0 at the electrical reference point.

5. The sending signal is recorded at the electrical reference point. The test signal level versus time is calculated using a time constant of 35 ms. 

6. The level variation in sending direction is determined during the time interval when the CS-signal is applied and after it stops. The level difference is determined from the difference of the recorded signal levels vs. time between reference signal and the signal measured with far end signal. 

10.12.4  Quality of Background Noise Transmission (with near End Speech)

10.12.4.1 Requirements

The test is carried out applying a simulated speech signal in sending direction. During and after the end of the simulated speech signal (Composite Source Signal bursts) the signal level in sending direction should not vary more than 10 dB.
10.12.4.2 Test 

1. The test arrangement is according to chapter 4.1. 

2. According to the specification of the manufacturer/test lab the background noise is played back. The test should be carried out during a constant driving situation. The background noise should be applied for at least 5 s in order to allow adaptation of the noise reduction algorithms.

3. The near end speech is simulated using the Composite Source Signal according to ITU-T Recommendation P.501 [4] with a duration of ( 2 CSS periods. The test signal level is 
–4.7 dBPa at the MRP. 

4. The sending signal is recorded at the electrical reference point. The test signal level versus time is calculated using a time constant of 35 ms.

5. First the measurement is conducted without inserting the signal at the near end. The signal level is analyzed vs. time. In a second step the same measurement is conducted but with inserting the CS-signal at the near end. The level variation is determined by the difference between the background noise signal level without inserting the CS-signal and the maximum level of the noise signal during and after the CS-bursts in sending direction.



10.12.5 "Comfort Noise" Injection

??? Not the highest priority but if input is provided we will take care of that?

11 
Bluetooth Testing

Interface definition

Send/receive Level

Delay

Check signal processing of the phone (EC, NC, AGC)

Speech quality 
12 Car to Car Communication

13 Guidance on subjective testing
Beside objective testing of hands-free telephones also a subjective performance evaluation is necessary. The tests described here – in addition to the tests as described in the ITU-T Recommendations of the P.800 series – are targeted mainly to “in situ” hands-free tests for optimizing hands-free systems in the target car and under conditions which are not covered by the objective test specification.
For conducting the tests the hands-free system under test has to be installed in the target car, which will be referenced here in the document as near-end. As far-end either serves a landline phone (car to land test) or an observing car equipped also with the hands-free system under test (car to car test). It is recommended to not only test the hands-free system in a landline connection but also in a connection car to car because the latter case can be regarded as a worst case scenario resulting in worse hands-free quality compared to landline connections.

The evaluation of the hands-free performance should be done for different background noise scenarios, such as different driving speeds, fan/defrost settings, etc).

Since conversational tests are rather time consuming most of the hands-free tests are conducted as single-talk and double-talk tests following a clear given structure. 

The evaluation is done at the far-end and/or the near-end, depending on the type of the test category. 

To conduct the tests as effective as possible it is advantageous to use a tool providing the test persons on both sides of the telephone connection with the detailed test procedure and the possibility to easily doing the rating.

The performance evaluation of the hands-free system covers categories like

· echo cancellation (echo intensity, speed of convergence, etc.)

· double talk performance (echo during double talk, speech level variation, etc.)

· speech and background noise quality in sending direction (level, level variation, speech distortion, etc)

· speech quality in receiving direction (level, level variation, speech distortion)

· stability of the echo canceller for “closed loop” connection when doing car to car hands-free communication.

For the evaluation some ITU-T recommendations can serve as guideline, such as Error! Reference source not found., Error! Reference source not found. and Error! Reference source not found.. The judgment is done according to rating scales given for each test case. The offered rating scales are of MOS type having grades 1 to 5 to be chosen from were 5 denotes “best” and 1 denotes “worst” quality. Some of the rating scales are designed for a more diagnostic purpose (e.g. “echo duration”). 

The evaluation has to be done by experts who are experienced with subjective testing of hands-free systems.

During the tests the signals on near-end and far-end may be recorded to be used later on for third-party listening evaluation.

Table 1 and Table 2 show possible test scenarios and rating categories.

Table 1: Overview of Car to Landline Tests

	Echo Canceller
	Rating

	Single Talk,
	3 different driving scenarios
  (Germany: 0 kph, 100 kph, 160 kph)

Fan/defrost (off or „worst case“)

Receiving volume:
  nominal, maximum, varying

Enclosure dislocation
	Disturbance caused by echo

Echo characteristics:

· Intensity

· Duration

· Frequency of occurrence

Background noise variation

	Double Talk
	3 different driving scenarios
  (Germany: 0 kph, 100 kph, 160 kph)

Receiving volume:
  nominal, maximum, varying

Enclosure dislocation


	Disturbance caused by echo

Echo characteristics:

· Intensity

· Duration

· Frequency of occurrence

Speech level variation

Speech intelligibility / listening effort

	Conversation
	0 kph


	Disturbance caused by echo

Echo characteristics:

· Intensity

· Duration

· Frequency of occurrence

Speech level variation

Speech intelligibility / listening effort

	Speech and Background Noise Quality (Sending Direction)
	Rating

	Stationary Noise
	3 different driving scenarios
  (Germany: 0 kph, 100 kph, 160 kph)

Driver’s window closed/opened

Several fan settings


	Speech level

Speech level fluctuation

Speech sound quality

Intelligibility / listening effort Speech naturalness

Background noise quality

Signal to noise ratio

	Transient Noise
	Fan: switching on/off/change setting

Indicator noises, wiper noise
	Background noise quality

Adaptation to background noise

	Speech Quality (Receiving Direction)
	Rating

	Single Talk far-end
	Maximum receiving volume

New call
	Speech level

Speech sound quality 

Speech intelligibility / listening effort


Table 2: Overview of Car to Car Tests

	Echo Canceller
	Rating

	Single Talk
	3 different driving scenarios
  (Germany: 0 kph, 100 kph, 160 kph)

Fan (off or „worst case“)

Receiving volume:
  nominal, maximum, varying

Enclosure dislocation


	Disturbance caused by echo

Echo characteristics:

· Intensity

· Duration

· Frequency of occurrence

Background noise variation 

	Double Talk
	3 different driving scenarios
  (Germany: 0 kph, 100 kph, 160 kph)

Receiving volume:
  nominal, maximum, varying

Enclosure dislocation


	Disturbance caused by echo

Echo characteristics:

· Intensity

· Duration

· Frequency of occurrence

Speech level variation

Speech intelligibility / listening effort 

	System Stability (Car to Car)
	Rating

	Stability
	Receiving volume:
  nominal, maximum

Test signal: speech or impulse like excitation


	Stability

Echo characteristics:

· Intensity

· Duration

· Frequency of occurrence

	13.1.1 Speech and Background Noise Quality (Sending Direction)
	Rating

	Stationary noise
	3 different driving scenarios
  (Germany: 0 kph, 100 kph, 160 kph)


	Speech level

Speech level fluctuation

Speech sound quality

Speech intelligibility / listening effort Background noise quality

Signal to noise ratio


Test Environment and Equipment

Figure 1 and Figure 2 outline the test environment for the test scenarios car to landline and car to car. In both test scenarios the supervisor is located on the far end, i.e. landline or the observing car, respectively. He is guiding through the test procedure and doing most of the test evaluation.
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Figure xx: Hands-free test car to landline
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Figure xx: Hands-free test car to car

Required test equipment:

· Car equipped with the hands-free telephone system under test 

· For car to car tests, both vehicles should be identical in terms of make, model, model year, and hands-free system.
· Appropriate recording equipment is needed at the landline station and the car for documentation purposes and if third-party listening tests are required later on.

Further requirements:

· The tests have to be conducted by expert listeners 

· The hands-free tests have to be conducted in areas with good cellular coverage

· Some cell-phone networks have an influence on the hands-free performance (e.g. echo, AGC, noise reduction, etc). These networks should not be chosen for the tests if possible.

· Both the far-end and the near-end participant should be familiar with each other’s voice

· For the duration of the tests, there should be no change in the driver, front-passenger, or landline speaker.

A description of the testing environment should be provided and should contain the following information:

· Car brand, model, model year, interior trim (cloth or leather)

· Mobile telephone type and SW version

· Telematics microphone – description, location, orientation, distance to driver

· Network provider

· HW and SW version of the hands-free device under test

· HW and SW version of all devices which are part of the sound system

Background Noise and Driving Situations

For the tests several different driving and background noise scenarios should be considered which correspond to the main operating conditions of the hands-free system. Additionally some worst case scenarios might be regarded.

For the driving scenarios this implies that the scenarios might differ for different countries depending e.g. on the national speed limit for cars.

As example the following scenarios for different driving noise levels could be used (Germany):

· “low”:

    0 kph

· “medium”: 
100 kph

· „high“:

160 kph

For countries with speed limit the maximum allowed speed might be used with additionally the climate control switched on to an appropriate level.

Additionally to the driving scenarios also some different settings of the fan/defrost/climate control are useful background noise cases. As “worst case” scenario a setting of the fan might serve where the air stream directly flows to the hands-free microphone in the car. 

Test Documentation

· After each test, a rating of the performance is done by referring to the given rating scales 

· At the beginning of every test, one of the test participants announces the test number (this is done for recording purposes)

· Audio signals should be recorded for documentation purposes:

· On landline: Telephone audio recording  of uplink and downlink signal

· In the observing car: Binaural recording 

· In the car under test: Binaural recording 

Notes on Performance Rating
For the ratings the following items should be considered:

· The listeners who do the ratings have to be experienced with hands-free telephone systems.

· Limitations of the network have to be taken into account, e.g. for rating the hands-free system when the network’s voice codec quality depends on the telephone connection traffic (e.g. CDMA).
· The offered rating scales are of MOS type having grades 1 to 5 to be chosen from were 5 denotes “best” and 1 denotes “worst” quality.

· Some of the rating scales are designed for a more diagnostic purpose (e.g. the “echo duration”).
14 Corded Headsets

14.1 Connector Type

14.2 Connector Wiring and Electrical Specifications

14.3 Headset Receive Characteristics

14.4 Headset Transmit Characteristics

14.5 Standard Behaviour in the Presence of Corded Headsets

15 Wireless Headsets

15.1 Wireless Headset Types

15.2 Test Methodology for Verification of Standard Behaviour

15.3 Standard Behaviour in the Presence of Wireless Headsets

15.3.1 Associate Headset with Vehicle

15.3.2 Enter the Vehicle

15.3.3 Receive a Call

15.3.4 Make a Call

15.3.5 Terminate a Call

15.3.6 Exit the Vehicle

15.3.7 Listen to Other Audio Source

15.3.8 Switch between Other Audio and Telephony

15.3.9 Intra-vehicle Communications

Annex A: Speech Quality Measurements

In the following a testing method for determining the speech quality in sending and receiving is described. 
The speech quality expressed in TMOS and its relation to existing ITU-T terminology is as follows:
MOS related to listening-only situations

These MOS scores are applicable to a listening-only situation. Three different cases have to be distinguished.

MOS-LQS

The score has been collected in a laboratory test by calculating the arithmetic mean value of subjective judgments on a 5-point ACR quality scale, as it is defined in ITU-T Rec. P.800.

Subjective tests carried out according to ITU-T Recs P.830, P.835 and P.840 give results in terms of

MOS-LQS.

MOS-LQO

The score is calculated by means of an objective model which aims at predicting the quality for a

listening-only test situation. Objective measurements made using the model given in ITU-T Recs P.862.1 and P.862.2 give results in terms of MOS-LQO.

It should be noted that the method recommended by ITU-T in Recs P.862.1 and P.862.2 is validated between electrical interfaces only. Currently no ITU Recommendation exists which covers the measurement of listening quality including acoustical interfaces. Work on a new ITU-T Rec. P.OLQA which is intended to include acoustical interfaces is under progress.
MOS-LQO (acoustical)

This kind of measurement is performed at acoustical interfaces. In order to predict the listening quality as perceived by the user, this measurement includes the actual telephone set products provided by the manufacturer or vendor. In combination with the choice of the acoustical receiver in the lab test ("artificial ear"), there will be a more or less leaky condition between the handset's receiver and the artificial ear. The same constraints apply for hands-free telephony. Consequently, for more realistic test scenarios, there may be a degradation of the measured MOS value, while for more artificial test scenarios there may be a negligible difference. The TMOS is a MOS-LQO (acoustical) prediction.
A.1
One Way Speech Quality in Sending 

1. The test signals used are the German test sequences as specified in ITU-T Recommendation P.501 [4] (2 male speakers, 2 female speakers, two sentences each). The test signal is equalized at the MRP, the test signal level is –4.7 dBPa at the MRP, the test signal level is measured as "active speech level" according to ITU-T Recommendation P.56 [18]. The speech activity should be between 30% and 70%. Finally the level at the HATS-HFRP is adjusted to –28.7 dBPa. 

The original speech signal is used as the reference signal for the determination of the speech quality.

2. The test arrangement is according to chapter 4.1. TMOS is determined using the settings “high quality handset“ and “narrowband” with TOSQA2001. 

The calculation is made using the signal recorded at the electrical interface.

3. The one way speech quality is determined as TMOS. 

A.2
One Way Speech Quality in Receiving 

1. The test signals used are the German test sequences as specified in ITU-T Recommendation P.501 [4] (2 male speakers, 2 female speakers, two sentences each). The test signal is -16 dBmo, the test signal level is measured as „active speech level“ according to ITU-T Recommendation P.56 [18]. The speech activity should be between 30% and 70%.


The original speech signal is used as the reference signal for the determination of the speech quality.

2. The test arrangement is according to chapter 4. For the measurement 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 measurements. TMOS is determined using the settings “high quality handset“ and “narrowband” with TOSQA2001.


The calculation is made using the signal recorded at the DRP of the right ear of the artificial head.

3. The one way speech quality is determined as TMOS.

Note: This test method does not apply to systems including artificial bandwidth extension. 

______________
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�reference to be checked


�Insert Input from VW/UNI Braunschweig


�???Non-stationary speech must be addressed, e.g. different talkers 





�???What about structure borne –input welcome?





�Remark: Standard does not cover gandwidth extension, if possible switch off


�Perhaps we should separate between bluetooth systems and wired connections


�Note form Tim Fingscheidt about synchronization of speech input buffering and HFT algortithm.


??? Other networks, influences?..





�Note form Tim Fingscheidt about synchronization of speech input buffering and HFT algortithm.


??? Other networks, influences?..





�We want to overload of a system with high speech levels; A possible test signal that works also for bandwidth extension- CSS with narrowband noise 300-500 Hz., Signal level is chosen to maximum, Var. of LR test is deleted. INPUT required


� Distortion introduced by saturation effects need to be covered. Methods are needed. Ideas: Temporal MOS, Signals with spectral gaps in between and observing the gaps, increasing signal level?


�To be added based on Receive testing, eg. Comparing the distortion of the Artificial Head to the transmitted signal.


�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.


�Not clear whether this can be kept in case of AGC, Limiters or other commanding techniques applied in the receiving part – Input from Harman Becker?


�The test may need to be done in addition? with a more speech like signal (artificial voice) based on the investigations of W. Kellermann


� In addition tests with more speech like signals should be made, e.g. P.50 to see time variant behavior of EC probably with a different requirement – Input from Univ. Erlangen, Zarlink?


�New tests time and frequency based should be added (frequency tiles) HWG in Kooperation with W. Kellermann


�Based on W. Kellermanns investigations we may use another test signal here, e.g. artificial voice with different starting sequences


� Requirement of 40 dB no longer applicable, has to be determined during the next meeting – Input from Harman Becker, Zarlink, Univ. Erlangen?


Input from Harman Becker: Problem is LS noise which is high for Max. Volume





�Test signal may be changed, see above


� Test has to be defined more clear with respect to the synchronization of the background noise in time – Rapporteur – Rapporteur thinks no further clarification is needed.





� More echo tests with background noise? Tbd?


�Input from Mr. Bräuning


�HWG will propose a test based on Artificial voice and time varying echo path


�This test needs to be refined: CSS may not be realistic enough, we should do also the test with background noise.


�Ideas to modify test signal and analysis:


modify the beginning to make it more speech like and allow for 20-30ms onset?








INPUT REQIRED: HA provide some new test signals and send it to DC, Delphi, Temic


�Different signal levels to be discussed… The Rapporteur proposes 2 asymmetrical conditions: send signal 6 dB lees/receive signal 6 dB higher, Send signal 6 dB higher/receive signal 6 dB less: to be defined in the next meeting


Conduct the test in addition with max. Vol. Setting: agreed


�Ideas to modify test signal and analysis:


make the voiced part longer or modify the beginning to make it more speech like and allow for 20-30ms onset


in order to distinguish switching from EC – replace the overlapping noise part of the CS by the comb-filter signal and check for DT Echo with the same test





INPUT REQIRED: HA provide some new test signals and send it to DC, Delphi, Temic


�A training sequence for the EC is needed


�All tables and figures should be numbered for unambigous reference.


�This measurement may be replaced by a new method measuring the speech quality in background noise


�Insert contribution from Harman Becker here


�TMOS and its relation to MOSLQO-N needs to be described
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	H. W. Gierlich

HEAD acoustics GmbH

Germany
	Tel: +49 2407 57722

Fax: +49 2407 57799

Email: h.w.gierlich@head-acoustics.de 
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