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In both ITU-T Specifications P.1100 and P.1110 a section called “Digital Interfaces for Development, Debugging and Test” (section 8 in both cases) had been included presenting helpful tests cases for a handsfree system along with a definition of digital interfaces to the core system itself. Since its introduction, this approach has been shown its usefulness for different handsfree systems in academic as well as in industrial practice.
During the discussion of these testing possibilities it was emphasized, that they are particularly useful for performance requirements for the subsystem “Signal Enhancement” as well as for diagnostic information. These terms are now core scope of the new FG.VSSR draft, therefore we propose to include these test cases into FG.VSSR. This will also support consistence with P.1100 and P.1110.

Text and figure proposals for inclusion into FG.VSSR are the following (text proposals in blue).
(1) Signal Enhancement Subsystem Figure
In section 7.1 the measurement points for subsystem “Signal Enhancement” should be named and allocated in consistence with the digital interface concept of P.1100 and P.1110. The following figure should be included to illustrate this, using the new terminology of FG.VSSR:
[image: image1.emf]
Figure X.X: Digital interfaces for the Signal Enhancement subsystem
Note that a new access point “DI-R2T” has been added. Furthermore, it should be noted that if there are test cases, which do not make use of the send path adders, then zeros can be added or for that specific test condition the adders could be omitted. However, there are important test conditions which need the adders (see later below).

(2) Explanation of Measurement Points
Proposal is to adopt the following (slightly adapted) text portion to explain the new figure:
Digital interfaces to the Signal Enhancement (SE) subsystem allow to record and investigate signals at the specified access points. Some of the digital interfaces at access points before the SE subsystem should also allow for writing/adding a digital signal to the signal path. This is true for the send as well as for the receive 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 X.X gives an overview to the digital interfaces to the SE subsystem.

<insert figure from above here>

Figure X.X:
Digital interfaces for the Signal Enhancement subsystem.

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

DI-R1 can be used to record transmitted far-end speech (READ) or to test the SE subsystem using recorded signals without actual involvement of a Transport II subsystem and/or any subsystems beyond (WRITE).

DI-R2 in comparison with DI-R1 can be used to evaluate the SE subsystem in the receive path. Here only READ access should be realized.

In some systems further digital signal processing may be used, connected digitally or analog to the SE subsystem. In this case DI-R2T provides the possibility for feedback of the external digital signal processing into the SE subsystem. 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). Please note that interfaces DI-R2, DI-S2, and DI-S2inadd may be multichannel interfaces in general.
In the send path, DI-S2 is an access point of high interest. 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. 
Given unchanged analog processing and AD conversion in the send 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 adding this signal to the send input path to the SE subsystem DI-S2inadd (ADD), while the SE subsystem is in real-time operation in send and receive path. 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 SE subsystem output signal in send 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 behaviour to the SE subsystem 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.
In general, the defined digital interfaces can be used in virtually all test cases for the SE subsystem. Often times the following recordings are to be done:

· Recording and insertion of background noise: In many test cases background noises are required. Recording of the background noises can be performed digitally via interface DI-S2, feed-back into the SE subsystem and addition to the microphone signal can be performed digitally with interface DI-S2inadd.

· Recording and insertion of near-end speech recordings: In many test cases near-end speech or artificial voice signals are required. Recording can be performed digitally via interface DI-S2, feed-back into the SE subsystem and addition to the microphone signal can be performed digitally with interface DI-S2inadd.

Digital interfaces implemented for an SE subsystem shall support at least one of the following formats:

· 16 bit linear PCM (for narrowband or wideband speech)
· G. 722 @ 64 kb/s (for wideband speech)
The sampling frequency of the digital interfaces should be 8 kHz in the narrowband case, and 16 kHz in the wideband case. When using different sampling rates at the test system appropriate up- and down-sampling should be used.
(3) Additions to Section 8.2.1 of FG.VSSR
The SE subsystem interfaces introduced in (2) (which are in conformance with P.1100 and P.1110) allow important test cases for the quality of the near-end enhanced speech component in send path direction.
In the important send path direction it is proposed to include both test cases as described in P.1100 and P.1110 sections 8, respectively. In the following they are adapted to fit into a solely subsystem-based test requirement.
The proposed text therefore introduces a new test parameter, which only relates to the speech component in the enhanced signal in send direction:

8.2.1
Enhanced Send Speech Distortion (SSD) 

8.2.1.1 Parameter Description

The desired near-end speech component as part of the enhanced signal accessible at DI-S1 interface is one of the core quality parameters of a handsfree system, since apart from any noise reduction and acoustic echo cancellation property the useful speech component shall be as untouched as possible. The ITU-T test methods of choice for distorted clean speech signals are MOS-LQOn [ITU-T P.862] for narrowband speech and MOS-LQOw [ITU-T P.862.2] for wideband speech.
8.2.1.2 Test of One-Way Speech Distortion in Send Path (SSD-single)
1) 
The test signals used are English test sequences as specified in [ITU-T P.501] (2 male speakers and 2 female speakers, two sentences each). The reference and the test signal level is measured as “active speech level” according to [ITU-T P.56]. They both shall be in the range of -26 dB (+/- 5dB). The speech activity should be between 30% and 70%.
2) 
The test arrangement is according to clause <insert paragraph with the SE subsystem interface figure and description>. The calculation is made using the signals recorded at DI-S2 (reference speech) and DI-S1 (test signal).
3) 
The one-way speech distortion in send path is determined as MOS-LQOn or MOS-LQOw. It shall hold 
MOS-LQOn(reference: DI-S2, test: DI-S1) ≥ 3.0


for narrowband speech and
MOS-LQOw(reference: DI-S2, test: DI-S1) ≥ 3.6


for wideband speech.
8.2.1.3 Test of Send Path Speech Distortion in Double Talk (SSD-double)
1)
The far-end and near-end test signals used are English test sequences as specified in [ITU-T P.501] (2 male speakers and 2 female speakers, two sentences each). The reference and the test signal level is measured as “active speech level” according to [ITU-T P.56]. They both shall be in the range of -26 dB (+/- 5dB). The speech activity should be between 30% and 70%.

2)
The test arrangement is according to clause <insert paragraph with the SE subsystem interface figure and description>. The calculation is made using the signals recorded at DI-S2 (reference speech component and reference echo component) and a derivative of DI-S1 (test signal, see below in section 3)). The processing steps are the following:

· In a first step the near-end clean speech signals are to be recorded using the HF system under test and to be stored via DI-S2. 

· In a second step, the test lab should ensure that the echo canceller is fully converged. This can be done by an appropriate training sequence.
· In a third step, the HF system is to be processed in real-time with the speech input signals on both sides (interface DI-R1 in receive, and DI-S2inadd with the recorded former DI-S2 in send). It must be ensured that always different talkers are used for receive and send direction. In 25% of the test cases two female voices shall be applied, in 25% of the test cases two male voices shall be applied, and in 50% of the test cases different genders in receive and send direction shall be used. The echo as captured by the microphone is then added in real-time to the stored near-end speech signal accessed through interface DI-S2inadd. 

· During processing, the echo signal is digitally stored via DI-S2. Also the enhanced speech signal at the output of the HF system in send is stored via DI-S1.

· Using the echo (DI-S2), the near-end speech (DI-S2inadd), the output of the HF system in send (DI-S1), speech distortion measurements can be applied as described in 3).

     3)
Speech distortion shall be evaluated in terms of the quality of the speech component at DI-S1 with the stored speech signal at DI-S2inadd as reference. 

For narrowband speech, the speech component of the signal at DI-S1 can be extracted using the signal separation methodology as described in [3], using a Blackman window of 512 samples with a frame shift of  ≤ 64 samples. The requirement is stated as [ITU-T P.1100, section 8]
MOS-LQOn(reference: DI-S2inadd, test: SI-S1 speech component) ≥ 2.5.
For wideband speech, the speech component of the signal at DI-S1 or at POI can be extracted using the signal separation methodology as described in [3], using a Blackman window of 1024 samples with a frame shift of  ≤ 128 samples [4]. The requirement is stated as [ITU-T P.1110, section 8]
MOS-LQOw(reference: DI-S2inadd, test: SI-S1 speech component) ≥ 2.5.
This concludes the proposals. 
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