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1
Introduction

This Permanent Document of the eCall Selection phase (PD3) contains the detailed test plan for selection of an eCall candidate solution in Phase 2 of the eCall work in 3GPP SA4. 

 This Selection Test Plan (PD3) was approved and frozen by SA4 in April 2008,.
2
Definitions 
Definitions are listed in [3].
3
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Editor’s Note: we may need to update these two PDs as well, the time Plan needs a revision and the R-O-C needs update due to changes agreed in SA1 and incorporated into TS 22.101 V8.8.0.

4
Test Plan
For any particular test condition C (specified by speech codec plus radio channel condition), the observed transmission time of the 140 bytes of the MSD may vary depending on the parameters of the channel simulation and the specific contents of the MSD. Therefore each MSD transmission may be regarded as one trial k in a random experiment, where the observed transmission time, Tk, is the random variable of interest. For each particular test condition C, the MSD transmission is repeated with different, randomly generated MSD data for at least 100 times ( k = 1, 2, ..., n, where n>=100) to get enough statistical significance.

To ensure a practical limit on the time required for testing a candidate, the observed value of Tk must have a reasonable upper bound. This upper bound, tUB, is fixed at a value of 200 seconds for one trial for all test conditions.  Any value of Tk that is observed to be greater than tUB will be classified as a transmission failure and will be assigned the value of tUB.
Each particular test condition C gives an observed sample distribution T1, T2, ..., Tn.  The statistic of interest is the average value, C = (T1 + T2 + ... + Tn) / n.

The Figure of Merit (FoM) over all test conditions is calculated by unweighted averaging of C over all particular test conditions C1, C2, ..., Cm. A low Figure of Merit is – obviously - better than a higher Figure of Merit.  The candidates will be ranked by their Figures of Merit.

Under all test conditions, a candidate should be as good as or better than eCall_via_CTM* would be.
If a candidate PSAP delivers a received MSD to the test control that is not bit exact identical to the sent MSD, then this test trial is regarded as failure and marked as such in the result table.

5
Test Conditions

The following assumptions are made for all candidate testing:
1. The starting time of the transmission with respect to speech codec audio frames is uniformly distributed.
2. The channel error condition is modelled by an error pattern obtained from offline simulations.  

The following radio conditions will be tested:
  
- GMSK Full Rate radio channel at C/I values of 1, 4, 7, 10, 13, 16 dB, and error free;  with ideal frequency hopping, with the Typical Urban profile and with slow vehicle speed. These channel conditions will be applied in both directions (uplink and downlink) symmetrically.

- GMSK Full Rate radio channel at various RSSI values, e.g. -90, -95, and -100 dBm with no other interferer. These channel conditions will be applied in both directions (uplink and downlink) symmetrically.

The following speech Codecs will be tested: GSM_FR and FR_AMR (12.2, 10.2, ...., 4.75 kbps). DTX will be enabled in both directions.

The following table gives the allocation of 26 Codec Conditions to Radio Conditions in order to reduce the test effort to the reasonable minimum.

	Codec Type
	GSM_FR
	FR_AMR

	Codec Mode
Radio condition
	13.0
	12.2
	10.2
	7.95
	7.4
	6.7
	5.9
	5.15
	4.75

	C/I = 1 dB
	
	
	
	
	
	
	
	
	X

	C/I = 4 dB
	
	
	
	
	
	
	X
	X
	X

	C/I = 7 dB
	X
	
	
	
	
	X
	X
	
	

	C/I = 10 dB
	X
	
	X
	X
	X
	
	
	
	

	C/I = 13 dB
	X
	X
	X
	
	
	
	
	
	

	C/I = 16 dB
	X
	X
	
	
	
	
	
	
	

	error free
	X
	X
	
	
	
	
	
	
	

	RSSI = -100 dBm
	X
	
	
	
	
	
	
	
	X

	RSSI = -95 dBm
	X
	X
	
	
	
	
	
	
	X

	RSSI = -90 dBm
	X
	X
	
	
	
	
	
	
	X


3. It is assumed that the transmission in the wireline part of the eCall uses PCM (G.711, A-law) without any further transcoding and with optimal level settings.
4. It is assumed that no acoustical echo is produced by the IVS and that therefore no Acoustic Echo Suppressor is applied in the network.
5. It is assumed that no Hybrid Echo is produced by the PSAP connection and that therefore no Hybrid Echo canceller is applied in the network. 

6. The MSD will contain randomly generated data.  (Each possible byte sequence is considered to be equally probable.)
7. The round-trip delay between the IVS and PSAP is a randomly generated value in the range (120 ms, 200 ms), details see below.
8. The VAD for AMR will be randomly chosen for each trial from VAD1 and VAD2.
9. The VAD needs time to stabilize for proper classification of speech and non-speech signals. 50 frames of silence shall be transmitted in both directions before the start of each test case. The time required for this shall not be included in the total delivery time since it takes place before the first non-zero samples are output by the IVS.
5.1 Radio Channel Simulation
Figure 1 below details the simulation setup that will be used to generate error pattern files for all required test conditions.
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Figure 1: Simulation setup for eCall error patterns. PM1-PM3 are power meters.
The following assumptions are made for this configuration:

· The TX block produces a GMSK modulated signal.

· The RX block shall be a non-DARP GSM reference receiver with performance as good as or better than specified in the relevant sections of Annex G of [8]. A typical receive filter shape shall be used. A noise figure of 8dB and a noise floor of -174 dBm/Hz shall be used for the simulation.
· PM1 and PM2 measure signal power. PM3 measures noise power filtered by the receive filter of RX.

· Only a single dominant interferer shall be simulated, corresponding to the assumptions used for Table 2 in [9]. The interferer shall be a continuous modulated stream of GMSK symbols with no GSM burst structure. The interferer is disabled for any test cases without interference.

· The fading model used (TU3) shall correspond to Annex C in [9]. The same fading profile shall be applied independently to the both the desired carrier and the interferer. 

· Error pattern files shall be produced by comparing the random bits before channel encoding with the received bits after channel decoding.

The SNR at the receiver is fixed by the RSSI specified for each test condition along with the noise floor, noise figure, and receiver filter shape assumed above. Appendix A provides more information on RSSI levels and resulting SNR.
The following assumptions are made about the test cases:

1. For all test cases, the simulated radio conditions shall be applied symmetrically in both the uplink and downlink. Thus only a single error pattern file is required for each radio channel condition (defined by C/I, RSSI, fading profile, and CODEC).

2. The receiver RSSI for the desired signal shall be kept at a constant value for all the C/I cases. A value of -85 dBm for the Downlink and -85 dBm for the Uplink shall be used.

3. The referred power level for both signals (the desired C and interferer I) shall be the average power into the RX antenna connector. This shall be measured by taking the mean power of the sum of the individual paths. The guidance for this comes from Section 7.5, Ref [5]. 

6
Host Lab Setup
Figure 2 shows the preferred physical setup during the host lab session. The design of the SW is, however, such, that all EXE modules could also be hosted by one PC.
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Figure 2: PHYSICAL TEST SETUP FOR ECALL CANDIDATE SELECTION (arrows indicate direction of connection establishment)
The candidate IVS.EXE and the candidate PSAP.EXE are physically connected through the test control PC in order to allow monitoring and logging of the PCM data streams between them and to allow real time processing. Per default no logging will take place ad the processing will run as fast as possible, typically much faster than real time.
For this discussion, the test executables are CONTROL.EXE and CHANNEL.EXE (UPLINK and DOWNLINK have similar functionality and are simply different instances of the same executable), and the candidate modem executables are PSAP.EXE and IVS.EXE. Refer to Figure 3 for the logical test setup. 
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Figure 3: Logical Test Setup for eCall Candidate Selection 

6.1 Specification of the Test Control

The test shall be repeatable in a bit exact manner. Therefore the test control parameters are stored in one Test Configuration table, which is used identically for each candidate. Each candidate modem will be tested with the same ASCII Test Configuration table so that each tested modem uses the same set of data and same channel conditions.
The Speech Codec (Encoder/Decoder and Codec Mode) is identical for uplink & downlink.

The error patterns are in general different in uplink and downlink, at least the start indices are different. Each error pattern will last 10 minutes (repeat if necessary). The start index is a randomly generated offset for each test run to the beginning of the error pattern between 0-10 minutes, in 20 ms granularity. The offset will be uniformly distributed across the whole error pattern. If during testing, the end of the pattern is reached, the index will wrap around to the beginning of the error pattern.

The test control block fetches each line of data from the Test Configuration table, sets constants, and performs resets of all other blocks. A line of data in the Test Configuration table corresponds to the parameters for one trial. Entries in the Test Configuration table are listed in 13 columns:
Index  MSD  Codec_Type  Codec_Mode VAD UL_delay1  UL_delay2  UL_EP  UL_EP_index
                                                                         DL_delay1  DL_delay2  DL_EP  DL_EP_index. 

Index is a running number between [1 , 2600] identifying the individual test run.
All audio frames between IVS and PSAP flow through the test control block. There is no direct physical connection from PSAP or IVS to the uplink processing or downlink processing.
Measurement of the MSD transmission time

The test control block will monitor the PCM output frames of the IVS. The first non-zero PCM output frame after re-initialisation will start the timer for delivery of the MSD. The control block then counts the number of IVS output frames and for each adds 20 ms to the timer. The timer stops when the PSAP finishes delivering the completed MSD to the test control block or after 200 seconds (200 * 50 IVS output frames), whichever comes first. The timer value is the desired MSD transmission time and is stored as Elapsed_time.
The received MSD is checked bit by bit against the sent MSD from the control table. The result is stored as Success_failure_flag (“S” or “F”). The Received_MSD is stored for debugging purposes.
The result of the test trial shall be stored in the next sequential row of the output table. The output table shall take the following form, listed in 16 columns:

Index  MSD  Codec_Type  Codec_Mode VAD UL_delay1  UL_delay2  UL_EP  UL_EP_index
                                                                        DL_delay1  DL_delay2  DL_EP  DL_EP_index
Elapsed_time   Success_failure_flag   Received_MSD.

The above process is then repeated for the next trial until the data in the Test Configuration table is exhausted.
A second test is to test for false detection.  Each candidate provides its own trigger.  The IVS will be tested separately for false detection, 30-minutes of speech and 30-minutes of tone).  The host lab reports the number of false detections.
6.2 PCM Interface Specification
All PCM Interfaces between IVS, Uplink-processing, PSAP, Downlink_processing and the Test_Control use 16 bit linear PCM. The value representation is Q15, i.e. the most significant bit is the sign bit, the next 15 bits represent the sample value in the range of [0, 32767 / 32768], normalized to the overload point of the A/D converter: fixed point arithmetic.
In case an output variable of a processing block would be greater than or lower than Q15 can represent, the value of that variable is limited to the maximum respectively minimum of Q15 (see reference 4).
6.3 Specification of Uplink processing
* UL Reset function defines UL_delay1 for the 1st block and UL_delay2 for the 6th block, Codec Type, Codec Mode, error pattern for uplink (UL_EP), start index for error pattern (UL_EP_index). 

The Reset for the uplink processing blocks simulates a new call setup for each test run. All filter variables and delay buffer memories are cleared to 0x0000. The Speech Encoder and Decoder are set into their Home States.

* UL Processing function:

Input interface: 16 bit linear PCM, 8 KHz sampling in blocks of 20 ms.

1st block: constant, definable delay of 10-30 ms (uniformly distributed between 80-239 (0-based indexing) samples). Figure 4 shows the delay in context of the overall 2-way delay.
               UL_Delay1 is randomly chosen by the host lab, but constant for each test trial.

2nd block: speech encoder

3rd block: error insertion device

4th block: speech decoder

5th block: audio impairment: band pass filter, G.711 A-law encoder-decoder
                 (see reference 4),
6th block: constant, definable delay of 10-30 ms (uniformly distributed between 80-239 (0-based indexing) samples). Figure 4 shows the delay in context of the overall 2-way delay.
               UL_Delay2 is randomly chosen by the host lab, but constant for each test trial.
Output interface: 16 bit linear PCM, 8 KHz sampling in blocks of 20 ms.
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Figure 4: Uplink and Downlink Processing Function Delay Blocks 

6.4 Specification of downlink processing blocks

* DL Reset function defines DL_delay1 for the 2nd block, DL_delay2 for the 6th block, Codec Type, Codec Mode, error pattern for downlink (DL_EP), start index for error pattern (DL_EP_index).
The Reset for the downlink processing blocks simulates a new call setup for each test run. All filter variables and delay buffer memories are cleared to 0x0000. The Speech Encoder and Decoder are set into their Home States.

* DL Processing function: 

Input interface: 16 bit linear PCM, 8 KHz sampling in blocks of 20 ms.

1st block: audio impairment: band pass filter, G.711 A-law encoder-decoder 
               (see reference 4)
2nd block: constant, definable delay of 10-30 ms (uniformly distributed between 80-239 (0-based indexing)  samples). Figure 4 shows the delay in context of the overall 2-way delay.
               DL_Delay1 is randomly chosen by the host lab, but constant for each test trial.

3rd block: speech encoder 

4th block: error insertion device

5th block: speech decoder

6th block: constant delay of 10-30 ms (uniformly distributed between 80-239 (0-based indexing)  samples). Figure 4 shows the delay in context of the overall 2-way delay.
               DL_Delay2 is randomly chosen by the host lab, but constant for each test trial.

Output interface: 16 bit linear PCM, 8 KHz sampling in blocks of 20 ms.

6.5 Specification of IVS

* IVS Reset function: The Control block sends the MSD, taken from the test control table, to the IVS at every start of a test run. The IVS then performs its internal re-initialization.
* IVS Processing function: 

Input interface: 16 bit linear PCM, 8 KHz sampling in blocks of 20 ms.

The IVS gets its input data from the downlink processing (via the test control block).

After reception of the next 20ms block the IVS processes this block and delivers a next 20ms block to the uplink processing (via the test control block).

Output interface: 16 bit linear PCM, 8 KHz sampling in blocks of 20 ms.

After initialization the IVS shall send all-zero data blocks, until the trigger signal from the PSAP is detected. Once triggered by the PSAP, the IVS shall begin sending the MSD. The Test Control detects the first non-zero data block and starts time measurement.
Note: the trigger signal shall be designed to be robust against false trigger. It is to be defined how this is evaluated.  Each candidate provides its own trigger.  The IVS will be tested separately for false detection, 30-minutes of speech and 30-minutes of tone).
6.6 Specification of PSAP

* PSAP Reset function: The Control block sends a start signal to the PSAP at every start of a test run. The PSAP then performs its internal re-initialization.

* PSAP Processing function: 

Input interface: 16 bit linear PCM, 8 KHz sampling in blocks of 20 ms.

The PSAP gets its input data from the uplink processing (via the test control block).

After reception of the next 20ms block the PSAP processes this block and delivers a next 20ms block to the downlink processing (via the test control block).

Output interface: 16 bit linear PCM, 8 KHz sampling in blocks of 20 ms.

From initialization, the PSAP immediately shall send its trigger signal to the IVS.  

The PSAP shall attempt to decode the MSD coming from the IVS.  Once the PSAP believes the MSD to be complete, it immediately shall send it to the test control block. The Test Control stops time measurement when it receives the MSD.
7 Implementation Aspects
RIM provides the following deliverables before SA4#49 (as soon as possible):

· AMR and FR CODECs in the form of executables. These can be used both by the candidates and the test lab.
· Full details of the error pattern file format, which will correspond to the encoded speech format used by the speech CODECs.

RIM provides the following deliverables for SA4#49 (end of June):


· The test executables (Control, Uplink processing, downlink processing) with full ‘C’ source code.

· Two skeleton modem executables (IVS-skeleton, PSAP-skeleton) with full ‘C’ source code. Candidates will then have working glue code for the socket Inter Process Communication for both their own IVS and PSAP.

· Error pattern files for the channel conditions. These files will be used by the test executables during testing. Other sources for Error Pattern Files are possible.  
7.1 File Formats for Error Patterns and Error Insertion Device
A unified format shall be used for all encoded speech and error pattern files. This simplifies the design of the error pattern insertion device and any tools that may need to process the encoded speech. Figure 5 below illustrates the format at a high level. This format is based off of the AMR codec frame format described in [10]. An additional frame type will be added to accommodate encoded GSM FR speech. Since the encoded bits are packed tightly into octets, this format will result in significantly smaller error pattern files when compared to the file format supported directly by the AMR reference code.


[image: image5.emf]Header

Class A Bits

Class B Bits

Class C Bits


Figure 5: Format for encoded speech and error pattern files.
The error insertion device shall process a single frame at a time: 

1. Read one frame each from the encoded speech input file and the error pattern file.

2. Set the speech frame quality indicator to match the error pattern frame quality indicator. 

3. XOR the appropriate class bits from the error pattern with matching class bits from the encoded speech. Exactly which class bits are modified will depend upon whether the frame is classified as bad.
4. Write the updated speech frame to an encoded speech output file.

7.2 Assumptions
The candidates are required to submit the test executables (IVS.EXE and PSAP.EXE) for the deadline to the host lab. These executables should be sanity checked using the provided test executables before submission. The correct transfer of the SW to the host lab should be checked by PCM test sequences for IVS output and PSAP output as defined in the host lab task description.
The following are assumed:
· The Win32 platform will be used for all testing. Test machines will be running Windows XP SP2 (x86). The assumed development tool is Microsoft Visual C++ 6.0. 
· The AMR and FR CODECs used for testing shall conform to 3GPP R1999.

· G.711 A-Law will be applied as part of the ‘Audio Impairment’ in UPLINK.EXE and DOWNLINK.EXE. This will be based on the ITU’s freely available G.711 Ref [4]. 

· There will be one test pattern per channel condition. To limit the amount of required data, each test pattern will be 10 min or 600s long. Randomization among the 100 iterations will be achieved by varying the starting offset in the pattern over the iterations.

· Error patterns and offsets will be selected in a deterministic fashion by the Control Table so that test conditions are identical for each candidate.

· Real-time testing (and real-time audio playback of UL and DL) will be considered optional. The tests will run as fast as possible by default. 


· Optionally the PCM output of IVS and/or PSAP may be logged on file for testing purposes. The test will run without this logging per default.


· CONTROL.EXE (or IVS.EXE or PSAP.EXE) may measure the processing time of the test executables to get a first indication of the Candidate complexity.
APPENDIX A. RSSI Calculations 

The following illustrates a deployment scenario in which the proposed RSSI values are derived using example RF link budgets (based on those in Annex A, Ref [6]).  
Measurement Points

Figure A.1 depicts the RSSI, transmitted power PTx, and SNR measurement points.  
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FIGURE A.1:  Measurement points

Transmitter

Figure A.2 shows a sample downlink RF budget. The output of interest is PTx expressed as EIRP in dBm.
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FIGURE A.2:  Transmit RF Budget
Receiver

Figure A.3 shows the parameters used to derive the proposed RSSI values and SNRs.
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FIGURE A.3:  Receiver RSSI Calculation

UPLINK RSSI Calculation

The Downlink RSSI were already defined, so the Uplink RSSI was calculated as follows:

UPLINK RSSI = Transmitter Power - Propagation Loss + Rx Antenna Gain

SNR Calculation

SNR = RSSI – Noise Floor

Where the Noise Floor is calculated using the following:

Noise Floor = -174 dBm/H + 10*log10(GSM BW) + NF

Where GSM BW = 270 kHz

NOTE:  The BTS Noise Figure given was from Annex A.1, Ref [6].  The MS NF was assumed to be the same value.
APPENDIX B. C/I Scenarios
The dominant type of interference is assumed to be co-channel; i.e., the interferer transmits on the same GSM 270 kHz channel as used for eCall. Although adjacent channel interference can be present, it is assumed to be small relative to the co-channel contribution for the purpose of the test.
We consider a generic deployment scenario for understanding the interference environment. A reuse factor of N = 7 is assumed here as in a typical cellular system deployment (see Ref [7]).  This means that the same GSM frequency channel is used once in each cluster of 7 cells. Figure B.1 shows a network of cells in which the cells using the same GSM frequency channel are marked in yellow.  In our scenario, the IVS operates in the central, or reference, cell. The set of outer tier yellow cells are referred as the co-channel cells.
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FIGURE B.1:  Cellular network with frequency reuse of N=7.  Each cell radius is denoted by R. The distance between co-channel cells is denoted by D.

Figure B.2 illustrates how the transmissions from the co-channel BTSs are received at the MS in the reference cell in the downlink.  Although there are more co-channel cells beyond the network shown here, their interference contribution is negligible relative to that of the closest tier. Figure A.3 similarly depicts uplink interference as undesired signals from co-channel cell handsets. 

We assume that the interfering MSs transmit on the same time slot on the same frequency channel as our MS in the reference cell. Likewise, the co-channel BTSs transmit on the same timeslot on the same frequency channel as our BTS in the reference cell.  Given this, the reference cell experiences the same number of interferers – 6 -  in the downlink and uplink in our example.

[image: image10.emf]
FIGURE B.2:  Downlink Interferers – co-channel BTS signals arriving at reference MS

[image: image11.emf]
FIGURE B.3:  Uplink Interferers – other cell MS signals arriving at reference BTS

Calculation of C/I
For this simple example, we assume that all the BTSs transmit at the same power level, and the MSs all transmit at the same power level.  This allows us to write the C/I for the downlink case as (Ref [5]):

C/I DL = R-α / 6D-α      where α is the path loss slope, R is the MS-BTS distance in the reference cell, and D is the distance between the reference and 6 co-channel cells.

Note that the uplink is the same:

C/I UL = R-α / 6D-α      

So for this simplified and ideal case of an omnidirectional cell network in which the transmitters operate at the same power levels, the C/I is symmetric.  This result is also true for other frequency re-use values.

However, this would not be true if the cells were sectorized because the BTS antenna directivity would reduce the number of uplink interferers.
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