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Abstract

This contribution contains proposed DRAFT text for the “Signal Enhancement subsystem” clause of FG.VSSR. It also contains discussion points shown in italicized text. Further development of the measurement parameters and their associated test methods and QoS levels is needed. 

8.3 Signal Enhancement subsystem
The Signal Enhancement subsystem attempts to improve signals captured and played at the acoustic interface. Network-side problems can also be reduced or eliminated. Figure 7.1 shows how this subsystem fits into the overall telecommunications system. This subsystem could be physically located in either the terminal device or a network device. However, the terminal device is usually a better location for technical reasons. Common signal processing functions provided by this subsystem include:
· Send direction

· Acoustic echo cancellation

· Noise reduction

· Equalization

· Automatic Level Control

· Fixed gain

· Limiter

· Receive direction

· Bandwidth Extension

· Equalization
· Automatic Level Control

· Automatic Level Enhancement

· Fixed gain

· Limiter

The next sub-clause describes the test set-up for measuring performance of the Signal Enhancement subsystem. Subsequent sub-clauses provide information related to each of the measurement parameters. This information includes a parameter description, test method, requirements, design guidance, and root-cause analysis.

8.3.1 Test set-up

The test set-up for measuring performance of the Signal Enhancement subsystem consists of:

1) A database of speech and noise test signals

2) A software program that enables file-mode testing by:

a. Passing test signals to and from the signal enhancement layer 

b. Simulating the dynamic effects introduced by other subsystems (e.g., acoustic interface)
Speech and noise test signals in the database have been pre-processed to capture the effects of other subsystems involved in the end-to-end connection (e.g., vehicle microphones, speech coders, etc.). There are 3 subsets of test signals. Each subset of test signals is representative of a particular vehicle platform. All Signal Enhancement subsystem requirements shall be tested with each subset. Algorithm parameters of the Signal Enhancement subsystem may be adjusted between each subset, but shall not be adjusted during testing within a subset. Test results shall be reported separately for each subset. More information about the speech and noise database can be found in Annex <X>.
The software program enables testing the signal enhancement layer in file-mode. Test signals from the speech and noise database are passed to test points S2 and R3 which represent the inputs to the signal enhancement layer. The processed output from the signal enhancement layer is retrieved from test points S3 and R2a and stored into files. These files represent performance of the signal enhancement layer under test and can be used to calculate the measurement parameters defined in this section. 
The output at R2a is also convolved with an impulse response simulating the acoustic echo path in the vehicle. The simulated acoustic echo is then mixed with the send test signal before being presented to test point S2. This allows any changes of the test signal in the receive direction (e.g., gain change due to the signal enhancement layer) to be dynamically reflected in the input test signal at S2—which is what happens in the real world. More information about the software program can be found in Annex <X>.
NOTE 1: Some Signal Enhancement subsystems might not use test point R2b. 
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Fig. 8.2: Signal Enhancement subsystem and test points

8.3.2 Round-Trip Delay of Enhancement (RTDE) 

8.3.2.1 Parameter description

This parameter measures the delay introduced by the Signal Enhancement subsystem.
8.3.2.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.2.3 Classification of QoS 

<To be determined based on test results>
8.3.2.4 Design guidance and root-cause analysis

See Appendix <X>.
8.3.3 Enhanced Send Speech Level (SSLE) 

8.3.3.1 Parameter description

This parameter measures the speech signal level in the Send direction after the Signal Enhancement subsystem. It represents the speech level transmitted into the network. If ALC in the Send direction is used, then the level is measured at the output of the Signal Enhancement subsystem. Otherwise, level is measured as the gain between in the input and output of the Signal Enhancement subsystem. 

8.3.3.2 Test method

<The test method will depend on whether or not the ALC feature is implemented. If it is, the speech level should be measured using ITU-T P.56, or based on some of the new investigations within ITU-T Study Group 12 on measures of speech loudness. If ALC is not implemented, the speech level should be based on equivalent loudness ratings; and requirements on variations in loudness ratings with input level (i.e., I/O linearity) should apply.>
8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.
8.3.3 Enhanced Receive Speech Level (RSLE) 

8.3.3.1 Parameter description

This parameter measures the speech signal level in the Receive direction after the Signal Enhancement subsystem. It represents the speech level sent to the vehicle audio system. If ALC in the Receive direction is used, then the level is measured at the output of the Signal Enhancement subsystem. Otherwise, level is measured as the gain between in the input and output of the Signal Enhancement subsystem. 

8.3.3.2 Test method

<The test method will depend on whether or not the ALC feature is implemented. If it is, the speech level should be measured using ITU-T P.56, or based on some of the new investigations within ITU-T Study Group 12 on measures of speech loudness. If ALC is not implemented, the speech level should be based on equivalent loudness ratings; and requirements on variations in loudness ratings with input level (i.e., I/O linearity) should apply.>
8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.
8.3.3 Enhanced Send Frequency Response (SFRE) 

8.3.3.1 Parameter description

This set of parameters measures the sensitivity frequency response in the Send direction after the Signal Enhancement subsystem.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.
8.3.3 Enhanced Receive Frequency Response (RFRE) 

8.3.3.1 Parameter description

This set of parameters measures the sensitivity frequency response in the Receive direction after the Signal Enhancement subsystem.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Send Speech Quality (MOS-LQO-SE) 

8.3.3.1 Parameter description

This parameter predicts speech quality under quiet conditions in the Send direction after the Signal Enhancement subsystem. 
8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110. Need to decide on objective model (e.g., ETSI, P.863, etc.). Note caveats and more relaxed requirements because of using perceptual-based model to measure signal intended for input of speech encoder.>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Receive Speech Quality (MOS-LQO-RE) 

8.3.3.1 Parameter description

This parameter predicts speech quality in the Receive direction after the Signal Enhancement subsystem. 

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110. Need to decide on objective model (e.g., ETSI, P.863, etc.). Note caveats and more relaxed requirements because of using perceptual-based model to measure signal intended for input of speech encoder.>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Send Speech Quality Stability (MOS-LQO-STB-SE) 

8.3.3.1 Parameter description

This parameter measures the reliability (i.e., consistency of measured results) of the Enhanced Send Speech Quality (MOS-LQO-SE) values repeatedly measured over a 3 to 5 minute interval.
8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Receive Speech Quality Stability (MOS-LQO-STB-RE) 

8.3.3.1 Parameter description

This parameter measures the reliability (i.e., consistency of measured results) of the Enhanced Receive Speech Quality (MOS-LQO-RE) values repeatedly measured over a 3 to 5 minute interval.

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Send Intelligibility (SIE) 

8.3.3.1 Parameter description

This parameter predicts speech intelligibility in the Send direction after the Signal Enhancement subsystem. A measure of intelligibility is desirable because some automotive speech services (e.g., eCall) should be optimized for speech intelligibility/comprehension. 

8.3.3.2 Test method

<Should consider both approaches that use signal-based measures (e.g., STI, AI, SII, etc.) and ASR-based approaches (see previous FG CarCOM contributions on this topic).>
8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Receive Intelligibility (RIE) 

8.3.3.1 Parameter description

This parameter predicts speech intelligibility in the Receive direction after the Signal Enhancement subsystem. A measure of intelligibility is desirable because some automotive speech services (e.g., eCall) should be optimized for speech intelligibility/comprehension. 

8.3.3.2 Test method

<Should consider both approaches that use signal-based measures (e.g., STI, AI, SII, etc.) and ASR-based approaches (see previous FG CarCOM contributions on this topic).>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Send Idle Channel Noise (SICNE) 

8.3.3.1 Parameter description

This parameter measures the idle channel noise, when no significant acoustic noise is present in the vehicle, in the Send direction after the Signal Enhancement subsystem.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Receive Idle Channel Noise (RICNE) 

8.3.3.1 Parameter description

This parameter measures the idle channel noise, when there is no significant noise coming from the network or far end terminal, in the Receive direction after the Signal Enhancement subsystem.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Discrimination against out-of-band signals after Send Enhancement (DOSE) 

8.3.3.1 Parameter description

This parameter measures the degree to which speech and noise signal frequencies, which are outside the transmission channel passband at the input to the Signal Enhancement subsystem, cause noise in the Send direction at the output of the Signal Enhancement subsystem.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110. Note that initial versions of the software test program may not support different input sample rates.>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Spurious out-of-band signal after Receive Enhancement (SORE) 

8.3.3.1 Parameter description

This parameter measures the degree to which speech signal frequencies within the transmission channel passband cause spurious noise outside the passband at the output of the Signal Enhancement subsystem in the Receive direction.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110. Note that initial versions of the software test program may not support different input sample rates.>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Distortion in Send after Enhancement (DSE) 

8.3.3.1 Parameter description

This parameter measures speech signal distortion in the Send direction after the Signal Enhancement subsystem.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Distortion in Receive after Enhancement (DRE) 

8.3.3.1 Parameter description

This parameter measures speech signal distortion in the Receive direction after the Signal Enhancement subsystem.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Weighted Terminal Coupling Loss Enhancement (TCLwE) 

8.3.3.1 Parameter description

This parameter measures acoustic echo loss during Receive single-talk. Echo loss is measured from the input to the Signal Enhancement subsystem in the Receive direction, to the output of the Signal Enhancement subsystem in the Send direction.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Echo Level Versus Time (ELVTE) 

8.3.3.1 Parameter description

This parameter measures acoustic echo loss as a function of time during Receive single-talk. Echo loss is measured from the input to the Signal Enhancement subsystem in the Receive direction, to the output of the Signal Enhancement subsystem in the Send direction.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Spectral Echo Attenuation Enhancement (SEAE) 

8.3.3.1 Parameter description

This set of parameters measures the frequency response of the acoustic echo path during Receive single-talk. The echo path frequency response is measured from the input to the Signal Enhancement subsystem in the Receive direction, to the output of the Signal Enhancement subsystem in the Send direction.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Initial Convergence without background noise Enhancement (ICE) 

8.3.3.1 Parameter description

This parameter measures acoustic echo loss as a function of time immediately after call set-up when there is no background noise. Echo loss is measured from the input to the Signal Enhancement subsystem in the Receive direction, to the output of the Signal Enhancement subsystem in the Send direction.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Initial Convergence With Background Noise (ICBNE) 

8.3.3.1 Parameter description

This parameter measures acoustic echo loss as a function of time immediately after call set-up when background noise is present. Echo loss is measured from the input to the Signal Enhancement subsystem in the Receive direction, to the output of the Signal Enhancement subsystem in the Send direction.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Echo Performance with Time Variant Echo Path (TVEPE) 

8.3.3.1 Parameter description

This parameter measures acoustic echo loss when the echo path changes during the measurement. Echo loss is measured from the input to the Signal Enhancement subsystem in the Receive direction, to the output of the Signal Enhancement subsystem in the Send direction.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Echo Performance with Time Variant Echo Path and Artificial Voice (TVEPE-AV) 

8.3.3.1 Parameter description

This parameter measures acoustic echo loss when the echo path changes during the measurement and the ITU-T P.50 artificial voice is used as the test signal. Echo loss is measured from the input to the Signal Enhancement subsystem in the Receive direction, to the output of the Signal Enhancement subsystem in the Send direction.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Send Activation (SAE) 

8.3.3.1 Parameter description

This parameter measures the minimum speech signal level required to activate the Send transmission path up to the output of the Signal Enhancement subsystem in the Send direction.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Receive Activation (RAE) 

8.3.3.1 Parameter description

This parameter measures the minimum speech signal level required to activate the Receive transmission path up to the output of the Signal Enhancement subsystem in the Receive direction.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Send Attenuation Range (SARE) 

8.3.3.1 Parameter description

This parameter measures the range of attenuation in the Send direction during single-talk due to the Signal Enhancement subsystem.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Receive Attenuation Range (RARE) 

8.3.3.1 Parameter description

This parameter measures the range of attenuation in the Receive direction during single-talk due to the Signal Enhancement subsystem.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Attenuation Range in Send during Double-Talk (ASDTE) 

8.3.3.1 Parameter description

This parameter measures the range of attenuation in the Send direction during double-talk due to the Signal Enhancement subsystem.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Attenuation Range in Receive during Double-Talk (ARDTE) 

8.3.3.1 Parameter description

This parameter measures the range of attenuation in the Receive direction during double-talk due to the Signal Enhancement subsystem.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Detection of Echo Components during Double-Talk after Enhancement (DECDTE) 

8.3.3.1 Parameter description

This parameter measures acoustic echo loss during double-talk. Echo loss is measured from the input to the Signal Enhancement subsystem in the Receive direction, to the output of the Signal Enhancement subsystem in the Send direction.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Sent Speech Attenuation during Double-Talk (SSADTE) 

8.3.3.1 Parameter description

This parameter measures the range of attenuation in the Send direction immediately after the onset double-talk due to the Signal Enhancement subsystem. It is intended to complement the “Enhanced Attenuation Range in Send during Double-Talk” measurement parameter by verifying the attenuation range at the onset of double-talk is consistent with that measured during double-talk.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Speech-to-Echo Ratio (SpERE) 

8.3.3.1 Parameter description

This parameter provides a measurement of the Send speech level relative to the echo level at the output of the Signal Enhancement subsystem. 

8.3.3.2 Test method

<Need to identify best test method. Could use temporally-weighted terminal coupling loss w/ varying echo path to calculate echo portion.> 

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 SNR Improvement after Enhancement (SNRIE) 

8.3.3.1 Parameter description

This parameter provides a measurement of the Send speech level relative to the noise level at the output of the Signal Enhancement subsystem. 

8.3.3.2 Test method

<This measurement parameter is listed for further study in P.1100. Could potentially use measures from G.160 Appendix II.>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Background Noise Transmission After Call Set-up (BGNTACSE) 

8.3.3.1 Parameter description

This parameter predicts the transmitted noise quality after call set-up at the output of the Signal Enhancement subsystem.  

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Speech Quality in the Presence of Background Noise (SQPBGNE) 

8.3.3.1 Parameter description

This parameter predicts speech quality under noisy conditions in the Send direction after the Signal Enhancement subsystem. 

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110. Need to decide on objective model (e.g., ETSI, P.863, etc.). Note caveats and more relaxed requirements because of using perceptual-based model to measure signal intended for input of speech encoder.>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Quality of Background Noise Transmission with Far End Speech (QBGNTFSE) 

8.3.3.1 Parameter description

This parameter measures the variation in noise level at the output of the Signal Enhancement subsystem in the Send direction due to the presence/absence of speech in the Receive direction.
8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Enhanced Quality of Background Noise Transmission with Near End Speech (QBGNTNSE)

8.3.3.1 Parameter description

This parameter measures the variation in noise level at the output of the Signal Enhancement subsystem in the Send direction due to the presence/absence of speech in the Send direction.

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Comfort Noise Injection after Enhancement (CNIE) 

8.3.3.1 Parameter description

This set of parameters measures the difference in noise spectrum due to comfort noise injection at the output of the Signal Enhancement subsystem
8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3.2 Test method

<Adapt from ITU-T P.1100/1110>

8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.

8.3.3 Speech Recognition Accuracy Indicator after Enhancement (SRAIE) 

8.3.3.1 Parameter description

This parameter predicts Speech Recognition (SR) accuracy at the output of the Signal Enhancement subsystem. 
8.3.3.2 Test method

<Need to identify test method. Both signal-based (e.g., weighted SNR, AI, etc.) and reference speech recognizer-based (e.g., % correct, % confusions, etc.) measures should be considered.>
8.3.3.3 Classification of QoS 

<To be determined based on test results>

8.3.3.4 Design guidance and root-cause analysis

For further study.
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