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1 Scope
The aim of this Specification is the definition of test methods and requirements for subsystems of automotive speakerphone terminals. The Specification covers

· Definition of subsystems based on different system architectures
· Performance requirements for subsystems
· Diagnostic information 

· Guidance on component and subsystem optimization
· Coordination of subsystems

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 [10], P.501 [11], P.502 [12] and P.340 [18], P.380 [19], P.1100[xx], P.1110 [xx] and ETSI ES 202 739 [24] and ETSI ES 202 740 [25].
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3 Definitions

Artificial ear: Device incorporating an acoustic coupler and a calibrated microphone for the measurement of the sound pressure and having an overall acoustic impedance similar to that of the median adult human ear over a given frequency band.
Codec: Combination of an analogue-to-digital encoder and a digital-to-analogue decoder operating in opposite directions of transmission in the same equipment.
Composite Source Signal (CSS): Signal composed in time by various signal elements.
Diffuse field equalization: Equalization of the HATS sound pick-up, equalization of the difference, in dB, between the spectrum level of the acoustic pressure at the ear Drum Reference Point (DRP) and the spectrum level of the acoustic pressure at the HATS Reference Point (HRP) in a diffuse sound field with the HATS absent using the reverse nominal curve given in Table 3 of ITU-T Recommendation P.58 [15].
Ear-Drum Reference Point (DRP): Point located at the end of the ear canal, corresponding to the ear-drum position.
Freefield reference point: Point located in the free sound field, at least in 1,5 m distance from a sound source radiating in free air (in case of a head and torso simulator [HATS] in the center of the artificial head with no artificial head present).
Freefield equalization: The transfer characteristic of the artificial head is equalized in such a way that for frontal sound incidence in anechoic conditions the frequency response of the artificial head is flat. This equalization is specific to the HATS used.
Hands-Free Reference Point (HFRP): A point located on the axis of the artificial mouth, at 50 cm from the outer plane of the lip ring, where the level calibration is made, under free-field conditions. It corresponds to the measurement point 11, as defined in ITU-T Rec. P.51.

Hands-free terminal: Telephone set that does not require the use of hands during the communications session; examples are headset, speakerphone and group-audio terminal.
Head And Torso Simulator (HATS) for telephonometry: Manikin extending downward from the top of the head to the waist, designed to simulate the sound pick-up characteristics and the acoustic diffraction produced by a median human adult and to reproduce the acoustic field generated by the human mouth.
Headset: Device which includes telephone receiver and transmitter which is typically secured to the head or the ear of the wearer.
MOS-LQO (Mean Opinion Score – Listening-only Quality Objective): 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 Rec. P.862 give results in terms of MOS-LQO (for further information see Annex A).
MOS-TQO (Mean Opinion Score – Talking Quality Objective): The score is calculated by means of an objective model which aims at predicting the quality for a talking-only test situation. Methods generating a MOS-TQO are currently under development and not yet standardized.

Mouth Reference Point (MRP): The MRP is located on axis and 25 mm in front of the lip plane of a mouth simulator.

Nominal setting of the volume control: When a receive volume control is provided, the setting which is closest to the nominal RLR of 2 dB.
Receive loudness rating (RLR): The loudness loss between an electric interface in the network and the listening subscriber’s ear. (The loudness loss is here defined as the weighted (dB) average of driving e.m.f. to measured sound pressure.)

Send loudness rating (SLR): The loudness loss between the speaking subscriber’s mouth and an electric interface in the network. (The loudness loss is here defined as the weighted (dB) average of driving sound pressure to measured voltage.)

Wideband speech: Voice service with enhanced quality compared to PCM G.711 and allowing the transmission of a vocal frequency range of at least 150 Hz to 7 kHz
4 Abbreviations
ACR


Absolute category rating
A/D


Analogue/Digital
AGC


Automatic Gain Control

AH,R


Attenuation Range in receive direction
AH,R,dt

Attenuation Range in receive direction during Double Talk
AH,S


Attenuation Range in Send direction
AH,S,dt


Attenuation Range in Send direction during Double Talk
BGN


BackGround Noise

BT


Bluetooth
BTR


Bluetooth Reference Point
CSS


Composite Source Signal

D/A


Digital/Analogue
D 


D-Value is computed directly from measurements of the difference (Sm between the send sensitivities for diffuse and direct sound, Ssi (diff) and Ssi (direct), respectively.



(Sm = Ssi (diff) ( Ssi (direct)
(E-2)




D is computed as a weighted average of (Sm
DELSM

DELSM is sometimes used for (Sm. (see D-Value)
DRP


Drum Reference Point

DTX


Discontinuous Transmission

DUT


Device under Test

ERL


Echo Return Loss
ERP


Ear Reference Point

FFT


Fast Fourier Transform

HATS


Head And Torso Simulator

HATS-HFRP
Head And Torso Simulator – Hands Free Reference Point

HF System

Hands Free System
HFT


Hands Free Terminal
HVAC


Heating Ventilation Air Condition
JLR


Junction Loudness Rating
LS,min


minimum activation level (Send Direction)

MOS


Mean Opinion Score

MRP


Mouth Reference Point
NC


Noise  Criterion

NR


Noise Reduction
OHC


Overhead Console




PCM


Pulse Code Modulation
POI


Point Of Interconnection

QoS


Quality of Service

RLR


Receive Loudness Rating

SLR


Send Loudness Rating

Ssi(diff)


Diffuse field sensitivity

Ssi(direct)

Direct sound sensitivity

S/N


Signal to Noise Ratio

TCLw


weighted Terminal Coupling Loss

Tr,R


built-up time (Receive Direction)
Tr,S


built-up time (Send Direction)
Ts


Send Delay hands-free terminal
Tr


Receive Delay hands-free terminal

Trtd-HF


Round Trip Delay hands-free terminal

5 Conventions

dBm: absolute power level relative to 1 milliwatt, expressed in dB

dBm0: absolute power level in dBm referred to a point of zero relative level (0 dBr point)
dBm0p: weighted dBm0, according to ITU-T Recommendation O.41

dBm0(C): C weighted dBm0, according to ISO 1999 
dBPa: sound pressure level relative to 1 Pa, expressed in dB 

dBPa(A): A-weighted sound pressure level relative to 1 Pa, expressed in dB
dBSPL: sound pressure level relative to 20µPa, expressed in dB; (94dBSPL=0dBPa)
dBV(P): P-weighted voltage relative to 1 V, expressed in dB, acc. To O.41
dBr: relative power level of a signal in a transmission path referred to the level at a reference point on the path (0 dBr point)

N: Newton

Vrms: Voltage – root mean square
cPa: Compressed Pascal, sound pressure at the output of the hearing model in the “Relative Approach” after nonlinear signal processing by the human ear
6 How to Use the Specification 

7 Architectures
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7.1 Architecture 1:….
To be included:

· Diagram showing all measurement points for each subsystem of this architecture

· Sections common to all subsystems (e.g., some set-up, etc.)

· Classify set of subsystem tests based on architecture

Note that architecture defined by both mic type (single, array w/non-linear processing, etc.) and measurement access points
· Acoustic interface

· All subsystem measurement parameters (regardless of applications)

· SEL+LT subsystem

· NT subsystem

· SRW qualification for mobile phone used in P.1100 testing

· Subsystem by Application requirements table

8 Subsystems
8.1 Acoustical interface 
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8.1.1 Microphone subsystem (send path)
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· Send Speech-to-Noise Ratio (SpNR)
· Is application dependent?
· Send Frequency Response (SFR)

· Send ReVerberation (SRV)

· Send Distortion + Noise (SDN)
· Send Input/Output Linearity

· Send Change in speech/noise sound quality
8.1.2 Loudspeaker subsystem (receive path)
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· Receive Conversational Gain (RCG)

· Receive speech quality (MOS-LQO)

· Receive Intelligibility (RI)

· Cabin Noise (CN)
· Receive Input/Output Linearity

8.1.3 Coupling between acoustical subsystems (echo path)
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· Speech-to-Echo Ratio (SpER)

· Echo Tail Delay (ETD)

· Echo Tail coherence (Etco)

8.2 Signal Processing Subsystem
8.2.1 Send path

· Enhanced Send Speech Level (SSLE)

· Enhanced Speech-to-Noise Ratio (SpNRE)

· Equalized Send Frequency Response (SFRE)

· Enhanced Send ReVerberation (SRVE)

· Enhanced Send Distortion + Noise (SDNE)

8.2.2 Echo path

· Enhanced Speech-to-Echo Ratio (SpERE)

· Enhancement layer Round-Trip Delay (RTDE)

8.2.3 Receive path

· Enhanced Receive Speech Level (RSLE)

· Enhanced Receive speech quality (MOS-LQOE)

· Enhanced Receive Intelligibility (RIE)
8.3 Network Access Subsystem

8.3.1 Send path

· Enhanced Send Speech Level (SSLE)

· Enhanced Speech-to-Noise Ratio (SpNRE)

· Equalized Send Frequency Response (SFRE)

· Enhanced Send ReVerberation (SRVE)

· Enhanced Send Distortion + Noise (SDNE)

8.3.2 Echo path

· Enhanced Speech-to-Echo Ratio (SpERE)

· Enhancement layer Round-Trip Delay (RTDE)

8.3.3 Receive path

· Enhanced Receive Speech Level (RSLE)

· Enhanced Receive speech quality (MOS-LQOE)

· Enhanced Receive Intelligibility (RIE)
8.3.4 Send-receive path coupling
· See section in P.1100

· Acoustic interface

· For each measurement parameter:

· Parameter description

· Test method

· Single Pass/Fail or multiple thresholds of degradation for measured value

· Speech enhancement layer

· For each measurement parameter:

· Parameter description

· Test method

· Classification of QoS level based on values of this parameter

· Design guidance and root-cause analysis

· Local transport

· For each measurement parameter:

· Parameter description

· Test method

· Classification of QoS level based on values of this parameter

· Design guidance and root-cause analysis

· Network transport

· For each measurement parameter:

· Parameter description

· Test method

· Classification of QoS level based on values of this parameter

· Design guidance and root-cause analysis

9 Network Transport: Short range wireless transmission

The purpose of this section is to ensure linearity (as far as possible) and time invariance of the network transport over a short range wireless transmission system. The network transport system in conjunction with the devices it is integrated in should not introduce any additional signal processing. Any other function than pure speech data transmission should be avoided.
9.1 Interface definition and calibration

The principle of the SRW testing is shown in Figure 9‑1:
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Figure 9‑1 – SRW test set‑up

The mobile phone under test is connected to the SRW reference interface at the SRW reference point (SRWR) and to the network (System) Simulator. The SRW reference interface as well as the network simulator reference interface are calibrated to the electrical inputs and outputs of the test system. While the 0 dBr point is clearly defined for the network reference interface, the calibration of the SRW reference interface in principle is free. In case the 0 dBr point of the SRW is known, the input and output of the SRW reference interface are calibrated to these sensitivities. In other cases, in order to get a calibrated set-up, the following calibration procedure is recommended:
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Figure 9-2 – Calibration of the SRW reference interface

The SRW reference interface is calibrated using a mobile phone with known characteristics which do not introduce any amplification or attenuation in the SRW link. No additional signal processing except the SRW coding shall be active. Typically, a “reference phone” is selected by evaluating a variety of different phones of different brands and selecting the one which closest matches the requirements, with respect to sensitivity and deactivated signal processing.

With the reference mobile phone linked to the system simulator and at the same time connected to the hands-free terminal via the SRW link, a SLR test is performed according to the specifications outlined in clause 11.3 of ITU-T Rec. P.1100 [xx]. The signal level measured at the electrical reference point during this test is the reference signal level, SSRWref, which is to be used when calibrating an arbitrary mobile phone connected to the SRW reference interface.

With an arbitrary mobile phone linked to the system simulator and at the same time connected to the SRW reference interface via the SRW link, the level at the SRW reference point is adjusted until the level measured at the electrical reference point reaches the reference signal level. The corresponding signal level at the SRW reference point is SSRWsnd. The test method is as outlined in clause 11.3 of ITU-T Rec. P.1100 [xx]. However, the acoustically calibrated excitation signal – properly corrected for attenuation due to distance between MRP-HFRP – is applied at the SRW reference point rather than the HFRP. 

NOTE 1 – The influence of the frequency response characteristic of the hands-free phone is not considered; however, the method ensures a similar overall signal level inserted in the SRW link and the phone. 

NOTE 2 – Evaluation boards from SRW chipset vendors may be used for implementation of the SRW reference interface.

9.1.1 SRW delay in send direction

9.1.1.1 Parameter description
The delay in send direction is measured from the SRWR to POI (reference speech codec of the system simulator, output). Low delay is essential for a seamless conversational performance especially for highly interactive conversations. Delay also contributes to echo perception: Higher delay low leads to higher impairment resulting even from low level echo components (see ITU-T Rec. G. 111 [xx]). The delay TSRWs should be minimized.
The system delay tSystem depends on the transmission method used and the network simulator. The delay tSystem must be known.

9.1.1.2 Test

6) For the measurements, a composite source signal (CSS) according to [ITU‑T P.501] 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 SSRWsnd. 


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


The test set-up is according to clause 9.1. 

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.

9.1.2 SRW delay in receive direction

9.1.2.1 Parameter description
The delay in receive direction is measured from POI (input of the reference speech coder of the system simulators) to the SRW reference interface. Low delay is essential for a seamless conversational performance especially for highly interactive conversations. Delay also contributes to echo perception: Higher delay low leads to higher impairment resulting even from low level echo components (see ITU-T Rec. G. 111 [xx]). The delay TSRWr should be minimized.
The system delay tSystem depends on the transmission system and on the network simulator used. The delay tSystem must be known.

9.1.2.2 Test

6) For the measurements, a composite source signal (CSS) according to [ITU‑T P.501] 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 dBm0 at the electrical interface (POI).


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

2)
The test arrangement is according to clause 9.1. 

3)
The delay is determined by cross-correlation analysis between the measured signal at the SRWR 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.

9.2 SRW loudness ratings

9.2.1 Parameter description
The JLR describes any amplification or attenuation on the network transport layer. Any deviation from 0 dB may result either in insufficient or too high speech levels and thus may deteriorate the performance of the interconnected devices. And should be avoided.  The nominal values of JLR from and to the electrical reference point (POI) should be: 


JLRSRWsnd = 0 ± 0.5 dB 


JLRSRWrcv = 0 ± 0.5 dB

However, it is recognized that different SRW implementations deviate significantly (±6 dB) from this level. In order to maintain a good system performance, appropriate corrections have to be integrated in the hands-free implementation to ensure a good system performance. Based on these tests, appropriate level corrections can be inserted.

9.2.2 Test SRW junction loudness rating in send direction

6) The test signal used for the measurements shall be CSS according to [ITU‑T P.501]. The test signal level is SSRWsnd, the level is averaged over the complete test signal.


The measured power density spectrum at the SRW reference interface is used as the reference power-density spectrum for determining the SRW send sensitivity.

2)
The test arrangement is according to clause 9.1. The SRW send sensitivity is calculated from each band of the 20 frequencies given in Table A.2 of [ITU-T P.79], bands 1-20. 


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 SRW reference interface.

3)
The sensitivity is expressed in dBV/V, the SRW junction loudness rating JLRSRWsnd shall be calculated according to [ITU-T P.79], Formula A-23d, bands 1-20, M = 0.175, and the weighting factors WJ for JLR according to Table A.2 of [ITU-T P.79].

9.2.3 Test SRW junction loudness rating in receive direction

1)
The test signal used for the measurements shall be CSS according to [ITU‑T P.501]. The test signal is –16 dBm0, measured at the electrical reference point and averaged over the complete test signal sequence.

2)
The test arrangement is according to clause 9.1. For the calculation, the averaged level at the SRW reference interface is used. The SRW receive sensitivity is determined by the bands 1‑20 according to Table A.2 of [ITU-T P.79].


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 dBV/V, the SRW junction loudness rating in receive JLRSRWrcv shall be calculated according to [ITU-T P.79], Formula A‑23d, bands 1‑20, M = 0.175, and the weighting factors WJ for JLR according to Table A.2 of [ITU‑T P.79].

9.2.4 SRW linearity in send direction

9.2.4.1 Parameter description
The test is aimed to detect any amplitude non-linearities including AGC or companding. Any AGC or companding on the network transport should be avoided. Additional non-linearities of this type may counteract algorithms implemented in the signal processing subsystem and deteriorate it’s performance.  For acoustical signal level variation in the range of –40 dB/+5 dB from the nominal signal level SSRWsnd, the measured JLRSRWsnd shall not deviate more than ±0.5 dB from the JLRSRWsnd measured with the nominal signal level SSRWsnd.

9.2.4.2 Test

6) The test signal used for the measurements shall be CSS according to [ITU‑T P.501]. The test signals are in the range of –40 dBV to 5 dBV in steps of 5 dB relative to the nominal signal level SSRWsnd, measured at the SRWR. The test signal level is the average level of the complete test signal. 


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

2)
The test arrangement is according to clause 9.1. The SRW send sensitivity is calculated from each band of the 20 frequencies given in Table A.2 of [ITU-T P.79], bands 1‑20. 


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 SRW reference interface.

3)
The sensitivity is expressed in dBV/V, the SRW junction loudness rating JLRSRWsnd shall be calculated according to [ITU-T P.79], Formula A-23d, bands 1‑20, M = 0.175, and the weighting factors in send direction according to Table A.2 of [ITU‑T P.79].

9.2.5 SRW linearity in receive direction

9.2.5.1 Parameter description
The test is aimed to detect any amplitude non-linearities including AGC or companding. Any AGC or companding on the network transport should be avoided. Additional non-linearities of this type may counteract algorithms implemented in the signal processing subsystem and deteriorate it’s performance.  For network signal level variations in the range of –40 dB to +5 dB relative to the nominal signal level, the measured JLRSRWrcv shall not deviate more than ±0.5 dB from the JLRSRWrcv measured with nominal signal level. 

9.2.5.2 Test

6) The test signal used for the measurements shall be CSS according to [ITU‑T P.501]. The test signals are in the range of –40 dBV to 5 dBV in steps of 5 dB relative to the nominal signal level measured at the electrical reference point. The test signal level is the average level of the complete test signal. 


The measured power density spectrum at the electrical reference point is used as the reference power-density spectrum for determining the send sensitivity.

2)
The test arrangement is according to clause 9.1. The SRW receive sensitivity is calculated from each band of the 20 frequencies given in Table A.2 of [ITU-T P.79], bands 1‑20. 


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

3)
The sensitivity is expressed in dBV/V, the SRW junction loudness rating JLRSRWsnd shall be calculated according to [ITU-T P.79], Formula A-23d, bands 1-20, M = 0.175, and the weighting factors in send direction according to Table A.2 of [ITU‑T P.79].

9.3 SRW sensitivity frequency responses

9.3.1 SRW send sensitivity frequency response

9.3.1.1 Parameter description
The send sensitivity frequency response is measured from SRWR to POI (reference speech codec of the system simulator, output). The send sensitivity response on the network transport should be mostly flat in the entire frequency range in order not to interfere with any (wanted) response characteristic in the signal processing subsystem or the acoustical frontend. Deviations from a flat frequency response characteristics may cause degradation of the listening speech quality in the send direction or may result in insufficient listening speech quality in the presence of background noise.
The tolerance mask for the send sensitivity frequency response is shown in Table 9‑1, the mask is drawn by straight lines between the breaking points in Table 9‑1 on a logarithmic (frequency) – linear (dB sensitivity) scale. 

Table 9‑1 – Tolerance mask for the SRW send sensitivity frequency response

	Frequency (Hz)
	Upper limit
	Lower limit

	100
	0
	–2

	6 200
	0
	–2

	7 000
	0
	–3

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


9.3.1.2 Test

6) The test signal used for the measurements shall be artificial voice according to [ITU‑T P.50]. The test signal is SSRWsnd, the level is averaged over the complete test signal.


The measured power density spectrum at the SRW reference interface is used as the reference power density spectrum for determining the SRW send sensitivity.

2)
The test arrangement is according to clause 9.1. The SRW send sensitivity is determined in third octave intervals, as given by [IEC 61260] for frequencies of 100 Hz and 8 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/V.

9.3.2 SRW receive sensitivity frequency response

9.3.2.1 Parameter description
The receive sensitivity frequency response is measured from the electrical reference point (input of the system simulators, POI) to the SRW reference interface. The receive sensitivity response on the network transport should be mostly flat in the entire frequency range in order not to interfere with any (wanted) response characteristic in the signal processing subsystem or the acoustical frontend. Deviations from a flat frequency response characteristics may cause degradation of the listening speech quality..
The tolerance mask for the receive sensitivity frequency response is shown in Table 9‑2, the mask is drawn by straight lines between the breaking points in Table 9‑2 on a logarithmic (frequency) – linear (dB sensitivity) scale.
Table 9-2 – Tolerance mask for the receive sensitivity frequency response

	Frequency (Hz)
	Upper limit
	Lower limit

	100
	0
	–2

	6 200
	0
	–2

	7 000
	0
	–3

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


9.3.2.2 Test

1)
The test signal used for the measurements shall be artificial voice according to [ITU‑T P.50]. The test signal is –16 dBm0, measured at the electrical reference point and averaged over the complete test signal sequence.

2)
The test arrangement is according to clause 9.1. The SRW receive sensitivity is determined in third octave intervals as given by [IEC 61260] for frequencies of 100 Hz and 8 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/V.

9.4 SRW noise cancellation test in send direction

9.4.1 Parameter description
The objective of this test is to check whether no noise cancellation is active in the mobile phone. Any activated (tandemed) noise cancellation would interfere with the noise cancellation in the signal processing subsystem and will lead to significant listening speech degradation in the send direction. No acoustic echo control shall be active in the mobile phone The mobile phone noise cancellation is measured from SRWR to POI (reference speech codec of the system simulator, output).

The attenuation of the simulated background noise test signal shall not deviate more than (1 dB for all periods of the test signal.

9.4.2 Test

1)
The test arrangement is according to clause 9.1.

2)
The test signal used for the measurements shall be pink noise with a duration of 5 s followed by a pause of 3 s, both repeated 3 times. The test signal during the active parts of the signal is SSRWsnd, the level is averaged over the active parts of the test signal.

3)
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.

4)
The attenuation vs time is determined for each pink noise section. 

NOTE – If a non-linear or time variant behaviour of the phone is observed, the tests, as described in ITU-T P.1110 [xx] clause 11.13.5, can be applied to determine the behaviour of the phone in more detail. Instead of inserting the tests signals acoustically, they have to be inserted electrically.

9.5 SRW speech quality during single talk

9.5.1 One‑way speech quality in send direction

9.5.1.1 Parameter description
No additional impairment on listening speech quality shall be introduced by the network transport. Any degradation of listening speech quality will deteriorate the overall listening speech quality and should be avoided. Therefore the listening speech quality under quiet conditions is checked. The nominal values for the speech quality measured from/to the electrical reference point (POI) shall be:


MOS-LQOw ( 4.0 

9.5.1.2 Test

Currently, no ITU-T approved test method is available. A possible test may use [ITU-T P.862.2]. 

NOTE – [ITU-T P.862.2] has not been validated for all types of wideband codecs. Any application of [ITU‑T P.862.2] should be checked with the scope of [ITU-T P.862.2].

6) The test signals used are the English test sequences as specified in [ITU‑T P.501] (2 male speakers, 2 female speakers, two sentences each). The test signal level is SSRWsnd, measured at the SRWR, the test signal level is measured as “active speech level” according to [ITU‑T P.56]. 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 clause 9.1. MOS-LQOw is determined. 


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

3)
The one‑way speech quality is determined as MOS-LQOw. 

9.5.2 Speech quality stability in send direction

9.5.2.1 Parameter description

This test is intended to detect speech quality instabilities due to unreliable SRW connection (speech frame loss….). This test should be repeated in different representative positions of the phone within the vehicle, different SRW links active and different WIFI links active.

NOTE – In general, this test also can be used for other types of system instabilities.
Listening quality stability during a call (if the position or transmission characteristics change during the call (or during several different calls) takes into account degradations generated on the signal by the transmission link impairment and the phone position.
In case of systems using SRW transmission it is the purpose to verify the integration of SRW radio network by evaluating change of speech quality over time. This will help in detect problems with RF coverage inside the car cabin and verify the error concealment (packet loss, bit errors) caused by weak RF link or interference with other radio.

A guidance to proceed is 

1 – Check RF coverage from SRW unit to possible mobile positions (Protocol analyzer)

2 – Identify weak and bad reception areas inside the vehicle. (Protocol analyzer)

      Check bit error rate, rate of packet loss …

3 – Use the speech quality measurement to rate the quality of error concealment in the weak areas identified in step 2 above and compare with measurements from areas with good coverage.

4 – Identify possible issues from interference with parallel SRW links or other networks. This will check how the SRW can handle interference and change to undisturbed channels. Speech quality measurements can be used to see the performance of handling these problems.

It’s recommended to use to a known phone as reference.
For stability indicator about Listening Speech Quality, THRESHOLD1 = 0.1 and the linear weighting function applies in order to express Stability (ST-MOS) on a 0 to 100 scale. By definition Stability equals 100 when no variations occur and Stability ST-MOS equals 0 when MOS-LQOw variation is equal or more than 0.4.

ST-MOS should be ≥ 90.

The requirement applies only when nominal MOS-LQOw is fulfilled.
9.5.2.2 Test

Several measurements of MOS-LQOW score performed according to Section 9.5.1 are performed in series within the same call or for different calls, within the test arrangement defined below. Typically, for the same call, a measurement each 20 s is enough. The results are reported in terms of statistics.

The assessment of Listening Speech Quality Stability is preformed in 5 steps:

1. To measure the MOS-LQOW periodically over the duration of one communication. N measurements provide N MOS-LQOW values. 

2. For each MOS-LQOW (i) value i from 2 to N, MOS-LQOW_GAP(i) is calculated as the absolute difference with the previous value  MOS-LQOW (i-1):


MOS-LQOW_GAP (i) =| MOS-LQOW (i)- MOS-LQOW (i-1)|
3. In order to take into account the subjective perception and measurement accuracy, MOS-LQOW_GAP (i) is set to 0 when the difference is equal or lower to THRESHOLD1:
· if MOS-LQOW_GAP (i)> (2*THRESHOLD1), then MOS-LQOW_GAP (i)= MOS-LQOW_GAP (i) 

· if THRESHOLD1 < MOS-LQOW_GAP (i) ≦ 2*THRESHOLD1, then MOS-LQOW_GAP (i)= [MOS-LQOW_GAP (i) * 2] – (2*THRESHOLD1)

· if MOS-LQOW_GAP (i)≦ THRESHOLD1, then MOS-LQOW_GAP (i)=0

4. The instability (INS_MOS-LQOW) associated to the MOS-LQOW over the whole N measurements is defined by mean value of MOS-LQOW_GAP (i). 


INS_MOS-LQOW=1/(N-1)Σ MOS-LQOW_GAP (i) with  i=[2:N]

5. A linear weighting function is applied in order to express Stability ST-MOS-LQOW on a 0 to 100 scale.

This formulation used to determine the Listening Quality Stability (ST-MOS) as 
ST-MOS=100-(250* INS_MOS)

and  
ST-MOS= 0 if [100-(250* INS_MOS)] < 0

When ST-MOS is calculated within a single call, the call should be longer than 3 minutes (Recommended duration being between 3 and 5 minutes). The duration of each measurement depends on the length of the speech samples used for the test as described in 9.5.1 
(As an example, if a sample is 15s length and the analysis is done every 20 s a minimum of 10 values will be measured). 

9.5.3 SRW one‑way speech quality in receive direction

9.5.3.1 Parameter description
No additional impairment on listening speech quality shall be introduced by the network transport. Any degradation of listening speech quality will deteriorate the overall listening speech quality and should be avoided. Therefore the listening speech quality under quiet conditions is checked. The nominal values for the speech quality measured from/to the electrical reference point (POI) shall be:


MOS-LQOw ( 4.0 

9.5.3.2 Test

Currently no ITU-T approved test method is available. A possible test may use [ITU-T P.862.2]. 

NOTE – [ITU-T P.862.2] has not been validated for all types of wideband codecs. Any application of [ITU‑T P.862.2] should be checked with the scope of [ITU-T P.862.2].

6) The test signals used are the English test sequences as specified in [ITU‑T P.501] (2 male speakers, 2 female speakers, two sentences each). The test signal is –16 dBm0, the test signal level is measured as “active speech level” according to [ITU‑T P.56]. 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 clause 9.1. MOS-LQOw is determined. The signal measured at the SRWR is used for the calculation

3)
The one‑way speech quality is determined as MOS-LQOw.

9.5.4 Speech quality stability in receive direction
9.5.4.1 Parameter description

This test is intended to detect speech quality instabilities due to unreliable SRW connection (speech frame loss….). This test should be repeated in different representative positions of the phone within the vehicle, different SRW links active and different WIFI links active.

NOTE – In general, this test also can be used for other types of system instabilities.
Listening quality stability during a call (if the position or transmission characteristics change during the call (or during several different calls) takes into account degradations generated on the signal by the transmission link impairment and the phone position.
In case of systems using SRW transmission it is the purpose to verify the integration of SRW radio network by evaluating change of speech quality over time. This will help in detect problems with RF coverage inside the car cabin and verify the error concealment (packet loss, bit errors) caused by weak RF link or interference with other radio.

A guidance to proceed is 

1 – Check RF coverage from SRW unit to possible mobile positions (Protocol analyzer)

2 – Identify weak and bad reception areas inside the vehicle. (Protocol analyzer)

      Check bit error rate, rate of packet loss …

3 – Use the speech quality measurement to rate the quality of error concealment in the weak areas identified in step 2 above and compare with measurements from areas with good coverage.

4 – Identify possible issues from interference with parallel SRW links or other networks. This will check how the SRW can handle interference and change to undisturbed channels. Speech quality measurements can be used to see the performance of handling these problems.

It’s recommended to use to a known phone as reference.
For stability indicator about Listening Speech Quality, THRESHOLD1 = 0.1 and the linear weighting function applies in order to express Stability (ST-MOS) on a 0 to 100 scale. By definition Stability equals 100 when no variations occur and Stability ST-MOS equals 0 when MOS-LQOw variation is equal or more than 0.4.

ST-MOS should be ≥ 90.

The requirement applies only when nominal MOS-LQOw is fulfilled.
9.5.4.2 Test

The test procedure is described in Section 9.5.3.2.
9.5.5 Verification of disabled echo control 

9.5.5.1 Parameter description
No acoustic echo control shall be active in the mobile phone. Any additional echo cancellation would impair the performance of the acoustic echo cancellation integrated in the signal processing subsystem. As a result additional impairments on speech quality and double talk performance will occur. An artificial echo path consisting of an attenuation of 20 dB/40 dB and a delay of 20 ms is inserted at the SRW reference interface. The difference between the echo loss measured with 20 dB echo loss and 40 dB echo loss shall be 20 dB ±0.2 dB.
9.5.5.2 Test

6) For the test, an artificial echo path is inserted at the SRWR. The test set-up is shown in Figure 12-3:
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Figure 12-3 – Test set-up with artificial echo loss

2)
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.

3)
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 P.50], is inserted. The training sequence level shall be –16 dBm0.

4)
The test signal is a pn sequence, according to [ITU-T P.501], with a length of 4 096 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°.

5)
TCLW is calculated according to clause B.4 of [ITU-T G.122] (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).

6)
The difference between the echo loss measured with 20 dB echo loss and 40 dB echo loss is determined.

· Speech Recognition

· Prompts
· Appendix I-Design Guidance and Root-Cause Analysis

_______________
�WE need to add a section stating that it is for narrowband and wideband


�In general the sections should be extended to narrowband.
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