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Abstract

This is a report of the FG CarCOM meeting held in Ulm, Germany, on May 10-11, 2010. Incoming liaisons on “guidance for creating terms and definitions” from the ITU and “the need for network-based wideband network echo cancellers” from ITU-T Q.16/16 were discussed. Contributions on the "ITU's Role in ICTs and improving road safety" and “a wired connection alternative for Short-Range Wireless devices” were also discussed. The majority of meeting time was spent discussing how to define subsystems in a way that that is consistent with the technology and addresses the needs of the industry. The current state of these discussions is reflected in Annex 3 of this report. No discussion of harmonization of ITU-T P.1100 with ITU-T P.1110 took place as originally planned due to time constraints. Outgoing liaisons on co-ordination of Signal Processing Functions (e.g., AEC, NR, etc.) and a response to the incoming liaison on "ITU's Role in ICTs and improving road safety" were discussed and approved. Meeting dates for the next FG CarCOM meeting in Detroit, Michigan USA were changed from Aug. 19th-20th to Aug. 26th-27th, 2010.  
1.0 Introduction

HG welcomed participants to the 2nd meeting of FG CarCOM and thanked TH and Nuance for hosting the meeting. TH provided practical meeting information and described arrangements for lunch and dinner. 
The agenda of the meeting was presented by HG and agreed to by the delegates (ADM-4).
The meeting documents are available on the ITU-T website and may be downloaded for free at:

http://www.itu.int/md/T09-FG.CARCOM2-100510/sum/en 
In this report, the participants are identified by their initials (see the table available in Annex 1 of the report). Annex 2 provides the list of documents.
2.0 Review of Liaison Statements (LS)
2.1 LS “Guidance on creating terms and definitions” from Standardization Committee for Vocabulary (IL-2)
HG introduced this liaison which requests ITU-T Study Groups to start using the guidelines provided in the new Annex B of the authors guide to create terms and definitions. The new text from Annex B was reproduced in the liaison.

The delegates acknowledged the guidelines and agreed that they should be followed. It was felt that no response was needed.

2.2 LS “Reply LS on standardisation of wideband echo canceller performance” from the Rapporteur of ITU-T Q16/16 (IL-3)

HG introduced this liaison which was for information to FG CarCOM. It is a response from ITU-T SG 16 to an ITU-T SG 12 LS that requests scenarios that would require a network-based wideband echo canceller. The response from ITU-T SG 16 identifies a network adapter as one such case. 

Delegates felt that the business case for such an adapter was questionable and decided to wait until there is a clear market need for these devices before pursuing the development of performance requirements.

It was agreed that no response was needed. 

3.0 New Contributions
3.1 ITU's Role in ICTs and improving road safety from TSB Director (C-3)
HG introduced this contribution. It contains the text of a new Council Resolution titled “ITU's Role in ICTs and improving road safety". The resolution invites all Members of the Union to:

“take practical steps to further national and domestic policies, programs and/or educational initiatives in the use of ICTs to improve road safety, also taking into account the risks associated with unreasonable use of ICTs and driver distraction, as well as the benefits of ICTs and vehicular safety technologies, in order in to improve global road safety”

The contribution also notes that the TSB Director was instructed by the council to make relevant standards groups aware of this new resolution; and specifically names ITU-T FG CarCom as an appropriate place to address driver distraction.

During the discussion it was noted that FG CarCOM is currently lacking the subject matter experts to address this topic. The delegates agreed to report back at the next FG CarCOM meeting on their company’s interest and willingness to contribute to this area. Delegates were also asked to identify any other standardization efforts related to driver distraction; and explore ways work on driver distraction might be organized within FG CarCOM.
An outgoing liaison to ITU-T SG 12 for information was drafted and approved. It notes that FG CarCOM is not currently equipped to deal with driver distraction, but that action is being taken to determine if FG CarCOM can address this topic moving forward. A decision is expected at the next FG CarCOM meeting.

3.2 “Phone Passive Line In” from Parrot (C-4)
MH presented this contribution. It proposes developing specifications for a wired connection between the hands-free system in the vehicle and a handheld mobile phone. A wired connection could enable higher one-way speech quality and lower delay. 

Delegates thought the basic idea of having a wired option was good, but that it was not within the scope of FG CarCOM to specify the plug that would be used. However, it was agreed that performance requirements for this architecture should be addressed by FG.VSSR.
3.3 “FG CarCOM Specification on Vehicle SubSystem Requirements” from FG CarCOM Chairman (C-5)
This contribution was submitted by HG during the meeting and served to guide discussions on FG.VSSR. 

3.4 “FG CarCOM Specification on Vehicle SubSystem Requirements – V2” from FG CarCOM Chairman (C-6)
This contribution was submitted by HG after the meeting concluded. It contains modifications to FG.VSSR made during the meeting by the group. The text of this contribution is reproduced in Annex 3 for convenience.
4.0 Meeting discussions
4.1 Day 1 discussions
Meeting discussions started with a review of incoming liaison statements and contributions. These discussions are summarized above in their respective sections. 
The topic of ITU-T G.799.2 (Mechanism for dynamic coordination of signal processing functions) was brought up. It was noted that action is required by several different Standards Development Organizations (SDOs) to develop the protocols needed to exchange the information specified in G.799.2. It was decided to draft an outgoing liaison statement to these SDOs requesting their plans, if any, for implementing G.799.2. 
The group then tried to define the different architectures that will be encountered in the industry. This task proved more difficult that first thought. After spending much of the day trying to define architectures it became clear that the number of possible architectures is large, and a recommendation based on these architectures would be too complex.
Focus then shifted to defining a more abstract set of subsystems that could apply to all architectures. By the end of the day there was a block diagram representing these abstract subsystems. This figure is shown under the “Architectures” section in Annex 3. Separate figures for specific subsystems were also created (e.g., microphone, etc.). One source of confusion among delegates was the fact that the “transport” blocks spanned more than one device. For instance, one of the “transport” blocks could include the transmitting and receiving sides of both a radio head unit and a mobile phone. This was addressed latter on in the meeting by representing the connections between devices with lines instead of blocks. However, the figures in C-5 and Annex 3 have not been updated to reflect this yet.    
4.2 Day 2 discussions
The second day started with a conference call for those who could not participate in person. A list of conference call participants can be found in Annex 1.

HG summarized the Day 1 discussions. The block diagram of abstract subsystems developed on Day 1 was also sent out before the conference call. 
MF requested that the loudspeaker block be split into 2 blocks: 1 block representing the loudspeaker and 1 block representing the amplifier. There was consensus among the group that this should not be done because the performance of loudspeakers will always be measured in conjunction with the amplifier—at least within the context of FG.VSSR. However, it was noted that design guidance for amplifiers can still be provided in an appendix to FG.VSSR. The term “amplifier” was added to the loudspeaker block. MF stated that he was not satisfied with this compromise, but that he accepted the decision of the group.

During the conference call it was agreed to change the title of FG.VSSR from “Vehicle subsystem requirements” to “Subsystem requirements for automotive speech services” to indicate that this Recommendation is intended to address more that just automotive speakerphones (e.g., speech recognition, application prompt playback, etc.).

Near the end of the conference call it was noted that the conference calls have proved valuable. It was also suggested that a WebEx session be included in future meetings to aid with visual aspects of the communications. SP offered to help facilitate this for the next meeting. 
After the conference call concluded, discussions on defining the subsystems resumed. It was decided to remove the “transport” blocks from the subsystem figures and replace them with lines. It was felt that readers would be able to more easily understand the figures with this change. 

There was agreement to use the same set of subsystem performance requirements for both “Local transport” and “Network transport” subsystems. In other words, there will be only 1 set of subsystem requirements for transporting speech signals—regardless of network type. HG will take the SRW requirements from ITU-T P.1100 and put them into the draft of FG.VSSR as a starting point for the “Network transport” subsystem.

With time running out, the discussion on subsystems was closed so that there would be enough time for outgoing liaisons and any other business. An incomplete draft of FG.VSSR can be found in Annex 3. Please note that not all of the changes discussed above have made it into the draft. It is still a very rough draft with much of the text intended as placeholders and reminders of concepts as opposed to solid text.

Outgoing liaison statements related to “SDO plans for implementing ITU-T G.799.2” and “ITU's Role in ICTs and improving road safety" were reviewed and approved. 
GS tentatively offered to host an upcoming FG CarCOM meeting at the CAU in Kiel, Germany on Feb. 8th-9th, 2011. The group happily accepted this offer.

HG then thanked Nuance for hosting the meeting and the meeting was officially closed.

5.0 Work plan
Below is the current work plan for FG CarCOM:
· Aug. 26-27th meeting of FG CarCOM hosted by GM OnStar in Detroit, Michigan USA:
· Contributions on measurement parameters and measurement methods for each subsystem 

· Second draft of FG.VSSR

· Harmonization of P.1100/P.1110

· Nov. 11-12th meeting of FG CarCOM hosted by Mitsubishi Electric Corporation in Japan (Location TBD):
· Contributions on validation data for each measurement parameter 

· Third draft of FG.VSSR with the following new material:

· Single Pass/Fail or multiple thresholds based on measurement parameter values

· Design guidance for meeting requirements
· Root-cause analysis

· Feb. 8-9th meeting of FG CarCOM hosted by CAU in Kiel, Germany:

· Agenda TBD

Action items:
1) HG to send outgoing liaisons 
2) SP to send 3GPP2 contact information to HG
3) SP to send out draft of revised ITU-T P.1100 which is harmonized with ITU-T P.1110
4) SP to arrange WebEx for next meeting
5) All delegates to have company discussions and report back at next meeting with the following:

a. Interest, ability, and willingness of your company to contribution on the topic of driver distraction
b. Known standardization work related to driver distraction

c. Ideas on how driver distraction related work might be organized within FG CarCOM
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FG.VSSR

FG CarCom SubSystem Requirements for Automotive Speech Services

Summary

This Specification defines test methodologies for and standard behaviour of subsystems used in automotive speakerphone terminals. The purpose is to provide guidance on the design and optimization of subsystems as well as diagnostic capabilities needed to give a consistent and high Quality of Service of the overall speakerphone terminal for the users of such devices. This specification is intended to give guidance to all parties involved in the design and integration of speakerphone terminals.

Keywords

Hands-Free, Speakerphone, Motor Vehicles, Subsystem, Quality of Service, QoS

Contents

To be added
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 automotive speakerphone subsystems 
· Test methods and performance requirements for each subsystem

· Diagnostic analysis 

· Guidance on the optimization of component, subsystem, and system level performance

· 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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P.1100

P.1110
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
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

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
How to Use the Specification 

Architectures
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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

Subsystems

Acoustical interface 
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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
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

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

· Echo Tail Delay (ETD)

· Echo Tail coherence (ETco)

Signal Processing Subsystem

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)

Echo path

· Enhanced Speech-to-Echo Ratio (SpERE)

· Enhancement layer Round-Trip Delay (RTDE)

Receive path

· Enhanced Receive Speech Level (RSLE)

· Enhanced Receive speech quality (MOS-LQOE)

· Enhanced Receive Intelligibility (RIE)
Network Access Subsystem

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)

Echo path

· Enhanced Speech-to-Echo Ratio (SpERE)

· Enhancement layer Round-Trip Delay (RTDE)

Receive path

· Enhanced Receive Speech Level (RSLE)

· Enhanced Receive speech quality (MOS-LQOE)

· Enhanced Receive Intelligibility (RIE)
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
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