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3.2
Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in TR 21.905 [1].

ACK
Acknowledgement

ADPCM
Adaptive Differential Pulse Code Modulation
AGC
Automatic Gain Control

AoIP
Analog over IP
AMR
Adaptive Multi-Rate (speech codec)

AMR-WB
AMR Wide-Band (speech codec)

AWGN
Additive White Gaussian Noise

CEN
Comité Européen de Normalisation

CRC
Cyclic Redundancy Check
CSoHS
Circuit-Switched over HSPA
CTM
Cellular Text telephone Modem

EID
Error Insertion Device

EU
European Union

FoM
Figure of Merit

FR
Full Rate (channel)

HR 
Half Rate (channel)

GSM
Global System for Mobile communications

GSM EFR
GSM Enhanced Full Rate (speech codec)

GSM FR
GSM Full Rate (speech codec)

GSM HR
GSM Half Rate (speech codec)
GSME
GSM Europe
IVS
In-Vehicle System

MSD
Minimum Set of Data 

MSG
Mobile Standards Group

NACK
Negative Acknowledgement

PCM
Pulse Code Modulation

PSAP
Public Safety Answering Point

PSTN
Public Switched Telephone Network

ROM
Read Only Memory

RSSI
Received Signal Strength Indicator
SIP-I
Session Initiation Protocol with encapsulated ISDN User Part 
VAD
Voice Activity Detection
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4
Selection tests

This clause describes test results according to the eCall selection tests. The selection tests were conducted by 3GPP to identify the performance of eCall in-band modem under typical conditions. The eCall in-band modem has been tested for certain performance objectives and design constraints.
Note that the original selection tests were carried out with a prototype version of the eCall modem software. The reference C-code implementation as specified in [7], starting from V2.0.1, contains some improvements of the modem that were agreed by the responsible 3GPP working group. The test results given in this report represent the performance of the reference modem implementation [7] version 8.0.0, i.e. the selection test items have been repeated with the improved version of the modem. 
4.1
Performance objectives and requirements

The foremost performance objective in the selection test was that the overall average transmission time should be as small as possible. The average MSD transmission time over a typical set of channel conditions was determined and used as a Figure of Merit (FoM) for the eCall modem. The MSD transmission times are measured from the time when the transmission from the IVS to the PSAP begins (after a trigger from the PSAP has been detected).

Figure 1 illustrates the measured MSD transmission time in relation to the time required for setting up the transmission (push and/or pull messages) as well as acknowledging the successful MSD reception (lower layer ACK and higher-layer ACK).
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Figure 1: Timeline of eCall with IVS initiated signalling and HL-ACK in normal operation
(IVS-initiated signalling in processing block 1 is optional and depends on modem configuration)
In Annex B, an estimate of the required times for processing blocks 1 and 3, as well as the parts of block 2 outside the Figure-of-Merit, is given.

As an eCall service requirement, in optimal conditions (error-free radio channel, GSM FR codec [21] and FR AMR [23] 12.2 kbit/s mode) the eCall procedure should be able to transmit the whole 140 bytes of the MSD reliably within 4 seconds.

The IVS modem should not false detect the tones in a 30 minute test PSTN tone file as PSAP triggers. 

The procedures to test the performance objectives/requirements are explained in more detail below, followed by the corresponding performance figures of the eCall modem.

The test setup that was used in the selection tests for eCall is described in more detail in Annex A.
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4.1.2
Test results

The MSD transmission times for the eCall modem (version 8.0.0 of [7]), obtained in a test according to the above procedures and assumptions, are given in Table 1. The according 95th percentile values (i.e., the limits which at least 95% of transmission times fall below) are given in Table 2. Note that in the characterization phase, more codec and C/I combinations were tested, and the results tables were updated (see Table 20).
End change 4
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4.2.1
Test procedures

Design constraints 1) and 3) were tested by inspection of the eCall modem reference C-code (V8.0.0 of [7]). Regarding constraint 3), memory for data only was considered, including static and global variables, constants, and maximum amount of dynamically allocated memory. Code memory and ROM tables were not counted.

With respect to design constraint 2), the complexity was estimated by compiling the eCall (V8.0.0 of [7]) and CTM [11] C-codes under similar compiler conditions and then measuring the processing times.

4.2.2
Test results

1)
The eCall in-band modem makes use of a 28-bit CRC to guarantee a reliable MSD transmission. This CRC is realized in the reference C-code [7], and is described in more detail in [9]. 
2)
The modem complexity was checked for three representative channel conditions. The results are summarized in Table 3 below.

Table 3: eCall modem complexity

	
	Complexity with respect to CTM [10] 
(# times more computationally complex)
	Approximate processing time per frame in µs (on an Intel Core 2 Duo processor)

	Condition
	IVS
	PSAP
	IVS
	PSAP

	AMR 12.2 Error Free
	0.39
	1.17
	41.7
	125.2

	AMR 12.2 C/I=7dB
	0.33 
	2.23
	35.3
	239.6

	AMR 4.75 C/I=4dB
	0.23 
	4.04
	24.6
	432.3

	
	
	
	
	


3)
For the IVS modem, the total memory required is 9.1 KB.


For the PSAP modem, the total memory required is 32.3 KB. 
End change 5
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5
Verification and characterization tests

This clause reports on the results of the verification and characterization testing performed for the eCall in-band modem (V8.0.0 of [9], [7]). Table 4 provides an overview of all verification and characterization items tested. 

End change 6
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5.1
Performance with dynamic jitter buffer

To compensate for packet delay variations in an IP-based transmission line, typically delay jitter buffers are employed. A static buffer has a fixed delay between input and output, whereas a dynamic jitter buffer can adapt its delay according to the statistics of the actual packet delays. The performance of the eCall modem in such a scenario was tested in the present test item. For the performance with a static jitter buffer, see clause 5.8.

The employed dynamic jitter buffer is speech frame based, i.e. if the delay is adapted, it will be extended/decreased always by one complete speech frame duration. It is bounded by minimum and maximum delays. On start, it has an initial default delay. The jitter buffer is driven by frame error rates (FER), i.e. delays will be adapted based on the resulting FER at the buffer output. This FER is determined over a number of e.g., 200 (relevant) speech frames. The actual procedure is detailed below. 
The jitter buffer is parameterized by the following quantities, where the values used for the simulations are given in brackets:

1. Initial delay in speech frame durations (20 milliseconds): N_BUFFER_DELAY_FRAMES (=2).

2. Maximum jitter buffer delay: JIT_BUF_DEL_MAX_FRAMES (=5).

3. Minimum jitter buffer delay: JIT_BUF_DEL_MIN_FRAMES (=2).

4. Lower threshold of frame error rate (FER) for decreasing the jitter buffer delay: FER_LO (=0.005).

5. Upper threshold of frame error rate for increasing delay: FER_HI(=0.1).

6. Number of relevant cases (packets) the FER is averaged over: FER_AVER_LEN (=100). 

Please note that all delays are measured relative to the minimal occurring delay in an actual system. 

Packets which have not arrived after the maximum allowed buffer delay JIT_BUF_DEL_MAX_FRAMES are considered as unavoidable errors. They are not taken into account for calculating FER statistics. Therefore, the FER as considered here is the rate of avoidable errors rather than the total frame error rate.   

The rules for jitter buffer adjustment can be briefly described as follows: 

- 
When starting, the jitter buffer delay in speech frame durations is N_BUFFER_DELAY_FRAMES.  

- 
The jitter buffer delay may be changed, i.e. increased or decreased only by the duration of one speech frame at a time. 

- 
FER is averaged over a sliding window of the last FER_AVER_LENGTH relevant frames, where only those frames are considered to be relevant, that are delayed not more than JIT_BUF_DEL_MAX_FRAMES (that means, only avoidable errors are accounted for).     

- 
In normal operation, the buffer delay may only be changed if since the previous delay change at least FER_AVER_LENGTH relevant frames were counted.

- 
Additionally, there is an early-increase feature for the buffer delay: If, before the collection of at least FER_AVER_LENGTH relevant frames it is sure that the buffer delay has to be increased afterwards, this increase will be done directly. With the actual parameterization FER_HI = 0.1 and FER_AVER_LEN = 200, this would mean that the jitter buffer delay is increased when ErrorCount = 21. 

From the rules above follows also: 

- 
The minimal time elapsing after a delay change and a following delay reduction is FER_AVER_LEN.  

- 
The minimal time elapsing after a delay change and a following delay increase is FER_AVER_LEN * FER_HI. 

Figure 2 shows the temporal evolution of the delay of the deployed jitter buffer (red) in channel profile #4 from Table 5, cf. [20]. The delays of the packets are shown in blue. 
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Figure 2 Packet delays (blue) and time varying delay of the adaptive jitter buffer (red) with the jitter buffer as described in this clause.

For the eCall characterization phase, adaptive jitter buffers (one on the uplink and one on the downlink) were integrated into the eCall simulation framework [7]. The jitter buffer delay may be expressed equivalently by the jitter buffer size (in speech frames), since incoming IP packets are stored for the duration of this additional delay. If a packet has not arrived at the end of this duration, it is considered to be lost. In this case, a loss concealment technique is applied, which synthesizes a signal replacing the missing packet. The packet loss concealment technique depends on the applied speech encoding scheme. 

The eCall simulation framework was extended by a VoIP packetizer, a VoIP end-to-end channel simulator, and a VoIP de-packetizer including a static jitter buffer as described above. The VoIP packetizer converts the encoded speech frames to IP packets, where one compressed speech frame of 20 ms per IP packet is assumed, i.e. either one G.711 A-law [25] encoded 20ms speech frame or two encoded G.729 [13] 10 ms speech frames per IP packet. The VoIP channel is modelled by packet losses and varying individual packet delays based on delay and error profiles [20]. 
The jitter buffer integration in the test setup is illustrated in Figure 8 (see clause 5.8) for the case of the static jitter buffer. The setup is equivalent for the dynamic jitter buffer discussed in this clause.
Table 5 lists the different delay and error profiles used for IP jitter simulation. These profiles combine a large range of delay jitter characteristics with an additional packet loss probability. All six delay and error profiles were used for simulation with the the G.729 [13] (Annex B based on Annex A) codec. All delay and error profiles in Table 5 represent VoIP over the air channel conditions, typically exhibiting larger delay variations and higher packet loss rates than pure network VoIP conditions. Note that in all jitter buffer simulations, the starting point in the delay error profiles was selected randomly for each single MSD transmission. 

The Figure of Merit for the selection test conditions over the dynamic jitter buffer profiles is given in Table 5 as well. Detailed average transmission times, as well as 95th percentiles per codec and C/I condition, are given in Tables C.1 – C.12 in Annex C.1.

Table 5: Delay and error profiles, used for simulation (taken from [20])
	Profile
	Characteristics
	Packet loss rate (%)

(Total losses)
	Figure of Merit (s)

	1
	Low-amplitude, static jitter characteristics,
 1 frame/packet
	0
	4.58

	2
	Hi-amplitude, semi-static jitter characteristics, 1 frame/packet
	0.24
	7.31

	3
	Low/high/low amplitude, changing jitter,
 1 frame/packet
	0.51
	8.88

	4
	Low/high/low/high, changing jitter,
 1 frame/packet
	2.4
	11.83

	5
	Moderate jitter with occasional delay spikes, 2 frames/packet 
	5.9
	12.44

	6
	Moderate jitter with severe delay spikes,
 1 frame/packet
	0.1
	2.74


End change 7
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5.2
Performance with echo cancellation

For eCall verification purposes, an echo canceller (EC) has been integrated into the IVS and PSAP modems. In this setup, the respective input and original modem output signals represent the two input signals for the echo canceller, whose output signal defines the modem output signal transmitted on uplink and downlink.

In the algorithm used for echo cancellation, a normalized Least-Mean-Square (NLMS) algorithm is employed for adaptive filtering in order to obtain the acoustic/network coupling and to generate an estimate of the echo. This estimated echo is subtracted from the echo corrupted signal and the echo cleaned signal is transmitted to the listener at the other end, thereby achieving echo-free full-duplex communication.

The main parameter of the echo canceller to tune is the length of the filter. At a sampling rate of 8 kHz, the filter length was originally set to 64 samples, relating to a filter window of 8 milliseconds. For additional tests, the filter length was further increased to 160 samples (20 ms).

The performance with echo cancellation was tested in the simulation framework used for selection testing, and for the unordered test campaign file which contains 2600 test cases in total. According to the eCall Selection Test Plan, the signal paths in both uplink and downlink of the simulation chain include two independent delays, each uniformly distributed between 10 and 30 milliseconds. In order to assess different relations of filter length to delay ranges, all uplink and downlink delays of the selection test campaign have further been divided by either a factor of 6 or 15.

Performance results are shown in Table 6. 

Table 6: Performance with echo cancellation

	Channel delay 
factor
	EC filter length
	MSD transmission time over 2600 test cases
(selection test campaign)

	
	
	Average (FoM)
	95th percentile

	1
	64 samples
	2.03 s
	3.48 s

	1/15
	64 samples
	2.03 s
	3.72 s

	1/6
	160 samples
	2.00 s
	3.44 s


As a conclusion, in all three cases no significant impact of the echo canceller on the modem performance is observed. The Figure of Merit (FoM) is slightly above 2 seconds and therefore preserves the statistical performance as without echo cancellation. 

The results in this clause were generated with a prototype version of the eCall modem used in the selection tests. The performance of the specified reference modem implementation [7] is expected to be very similar to the given figures.
End change 8
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5.3
Performance with transcoding

The simulation framework as used for selection testing already includes a form of audio impairment in uplink and downlink, prior to and after PSAP processing: ITU-T G.711 A-Law [25] compression and expansion.

To assess the performance of the eCall modem versions with other transcoding scenarios, two different configurations are considered: 

1) 
The tandem operation of: 

a)
ITU-T G.726 Adaptive Differential Pulse Code Modulation (ADPCM) transcoding [12] at 32 kbit/s, operating on ITU-T G.711 A-law [25] compressed speech samples as specified;

b)
one of the complete set of speech codecs used in the selection test (see e.g. Table 1);

or

2) 
the tandem operation of: 

a)
ITU-T G.729 A/B transcoding by conjugate‑structure algebraic-code-excited linear prediction (CS-ACELP) [13] at 8 kbit/s, where "A/B" indicates one of the following G.729 variants:

i)
ITU-T G.729 Annex A, i.e., the reduced-complexity version of the baseline G.729 codec;

ii)
ITU-T G.729 Annex B, i.e., the baseline G.729 codec additionally employing a VAD module;

iii)
ITU-T G.729 Annex B based on Annex A, i.e., the reduced-complexity version of the baseline G.729 codec, additionally employing a VAD module;

b)
one of the complete set of speech codecs used in the selection test.

The two different transcoding configurations are illustrated in Figures 3 and 4, respectively.

[image: image3]
Figure 3: Transcoding configuration 1: G.711 & G.726 and mobile radio network codec: 
(a) uplink; (b) downlink


[image: image5]
Figure 4: Transcoding configuration 2: G.729 and mobile radio network codec:
(a) uplink; (b) downlink
5.3.1
Performance with ITU-T G.711&G.726 transcoding 

In the present clause, the eCall modem performance is tested for cases where the speech frames are transcoded according to ITU-T G.726 [12]. The G.726 speech codec standard is an adaptive differential pulse code modulation scheme (ADPCM) covering the transmission of voice at rates of 16, 24, 32, and 40 kbit/s. For the eCall verification purposes, the most commonly used mode with a data rate of 32 kbit/s is applied. G.726 operates on 64 kbit/s A-law or µ-law PCM data. Nevertheless, in the ADPCM encoder the first operation is the conversion of the A-law or µ-law PCM input signal to uniform PCM. G.711 A-law compresses each 320 byte speech frame to a size of 160 byte. The 160 byte A-law speech frame is compressed by G.726 to 80 byte of ADPCM encoded data. 

To assess the performance with G.726 transcoding, the A-law compressed PCM data is G.726 encoded, and then again G.726 decoded and afterwards G.711 A-law decoded (see Figure 1). The implementation of the G.726 codec included to the eCall simulation framework is based on the ITU reference code. The figure of merit obtained with G.726 transcoding is included in Table 7.
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5.4
Performance with packet loss concealment techniques

Transmission of speech packets over the packet-switched IP network is tested, where a certain percentage of the IP packets is lost randomly (but no jitter is introduced). Lost packets are replaced by concealment techniques specific for the respective compression scheme. The concealment mechanisms of ITU-T G.711 A-law [25] compression and G.729 [13] transcoding are tested. The two test configurations are illustrated in Figures 5 and 6, respectively.


[image: image7]
Figure 5: Packet loss concealment configuration for G.711: 
(a) uplink; (b) downlink; (c) configuration of IP channel emulator for this test case


[image: image9]
Figure 6: Packet loss concealment configuration for G.729: 
(a) uplink; (b) downlink; (c) configuration of IP channel emulator for this test case
The performance testing of the modem versions when statistically independent frame losses occur is very similar to the performance testing with jitter buffers, which is treated in clause 5.8. Here, packets are erased randomly with a certain loss probability. Then, the same packet loss concealment techniques as described in clause 5.8 are applied. In the simulations loss probabilities of 1 % and 10 % are tested. Again, packet loss concealment techniques for both G.711 and G.729 A/B were tested, the respective results are shown in Table 8.  

Please note that in all random packet loss simulations the seed of the random generator is derived from the system clock time prior to the transmission of every MSD. 
Table 8: Figure of merit for packet loss concealment with transcoding

	Transcoding;
Loss probability
	Figure of Merit
	95th percentile

	ITU-T G.711;
 1 %
	2.11 s
	3.90 s

	ITU-T G.711;
10 %
	2.73 s
	4.60 s

	ITU-T G.729 Annex B based on Annex A;
 1 %
	3.35 s
	6.40 s

	ITU-T G.729 Annex B based on Annex A;
10 %
	4.88 s
	8.92 s
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5.6.1
Different C/I 

A number of additional conditions to be tested are reproduced in Table 17. ‘X’ shows conditions included in the selection test plan. ‘#’ and ‘(#)’ shows additional operating conditions that should be evaluated, where the conditions indicated by ‘(#)’ represent better channel conditions than those tested in the selection. All radio conditions except the error-free case are represented by error patterns in the test framework. Therefore, this verification item relies on the availability of suitable error patterns. 

Table 17: Additional codec and channel conditions for eCall evaluation

	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
	X
	X
	X
	X
	X
	X

	C/I = 10 dB
	X
	X
	X
	X
	X
	(#)
	(#)
	(#)
	(#)

	C/I = 13 dB
	X
	X
	X
	(#)
	(#)
	(#)
	(#)
	
	

	C/I = 16 dB
	X
	(#)
	(#)
	
	
	
	
	
	

	error free
	X
	X
	(#)
	(#)
	(#)
	(#)
	(#)
	(#)
	(#)

	RSSI = -100 dBm
	X
	
	
	
	
	
	
	
	X

	RSSI = -95 dBm
	(#)
	#
	
	
	
	
	
	
	(#)

	RSSI = -90 dBm
	(#)
	#
	
	
	
	
	
	
	(#)


For the error-free test conditions (indicated by bold face in Table 17), a verification has been carried out. The following results have been derived:

Table 18: MSD transmission times for tested speech codecs in error-free conditions

	Codec (error free)
	Average MSD transmission time
	Maximum MSD transmission time

	FR
	1.33 s
	1.66 s

	AMR 12.2
	1.33 s 
	1.34 s

	AMR 10.2 
	1.33 s 
	1.34 s

	AMR 7.95 
	1.49 s 
	1.68 s

	AMR 7.4 
	1.50 s 
	1.68 s

	AMR 6.7 
	1.85 s 
	2.04 s

	AMR 5.9 
	2.04 s 
	2.40 s

	AMR 5.15 
	2.48 s 
	3.80 s

	AMR 4.75 
	3.10 s 
	3.80 s


Table 19 contains the average MSD transmission times for the other additional test conditions from Table 17.

Table 19: Average MSD transmission times (in s) for additional test conditions 

	
	GSM FR
	FR AMR

	
	13.0
	12.2
	10.2
	7.95
	7.4
	6.7
	5.9
	5.15
	4.75

	C/I = 1dB
	-
	-
	-
	-
	-
	-
	2.78
	3.45
	-

	C/I = 4dB
	-
	-
	-
	-
	1.99
	2.11
	-
	-
	-

	C/I = 7dB
	-
	-
	-
	-
	-
	-
	-
	-
	-

	C/I = 10dB
	-
	-
	-
	-
	-
	1.91
	2.10
	2.55
	3.09

	C/I = 13dB
	-
	-
	-
	1.51
	1.48
	1.81
	2.10
	-
	-

	C/I = 16dB
	-
	1.40
	1.39
	-
	-
	-
	-
	-
	-

	RSSI = -95dBm
	1.54
	1.43
	-
	-
	-
	-
	-
	-
	3.16

	RSSI = -90dBm
	1.53
	1.47
	-
	-
	-
	-
	-
	-
	3.10


For information, Table 20 summarizes the average transmission times for all the codec and C/I combinations that have been studied in the selection and verification/characterization tests.

Table 20: Average MSD transmission times (in s) for all studied test conditions 

	
	GSM FR
	FR AMR

	
	13.0
	12.2
	10.2
	7.95
	7.4
	6.7
	5.9
	5.15
	4.75

	C/I = 1dB
	-
	-
	-
	-
	-
	-
	2.78
	3.45
	4.07

	C/I = 4dB
	-
	-
	-
	-
	1.99
	2.11
	2.41
	3.10
	3.38

	C/I = 7dB
	2.29
	1.91
	1.80
	1.69
	1.68
	2.01
	2.10
	2.57
	3.12

	C/I = 10dB
	1.66
	1.53
	1.42
	1.56
	1.59
	1.91
	2.10
	2.55
	3.09

	C/I = 13dB
	1.45
	1.36
	1.36
	1.51
	1.48
	1.81
	2.10
	-
	-

	C/I = 16dB
	1.39
	1.40
	1.39
	-
	-
	-
	-
	-
	-

	RSSI = -100dBm
	1.50
	-
	-
	-
	-
	-
	-
	-
	-

	RSSI = -95dBm
	1.54
	1.43
	-
	-
	-
	-
	-
	-
	3.16

	RSSI = -90dBm
	1.53
	1.47
	-
	-
	-
	-
	-
	-
	3.10

	error free
	1.33
	1.33
	1.33
	1.49
	1.50
	1.85
	2.04
	2.48
	3.10


End change 11
Start change 12
5.8
Performance with static jitter buffer

In this clause, scenarios are considered where the 112 emergency call is routed from the RNC/BSC over the packet-switched IP network to the PSAP. In packet-switched systems the end-to-end delay of packets can vary depending upon both channel conditions and network load. This variance in end-to-end delay, commonly termed jitter, leads to an irregular arrival of data packets at the gateway. Even out-of-order arrival may occur. Since the speech decoder requires data packets at fixed intervals, de-jitter techniques are applied, which incorporate a jitter buffer as an essential element. The amount of jitter which can be compensated is limited by the size of the jitter buffer. Data packets with a delay exceeding the buffer size cannot be forwarded at the adequate time and have to be discarded. 
Typically, the PCM data is compressed before it is packetized. Here, two different compression schemes are considered: Simple G.711 A-law companding and G.729 encoding. The respective test configurations are illustrated in Figures 8 and 9.


[image: image11]
Figure 8: Static jitter buffer configuration with G.711: 
(a) uplink; (b) downlink; (c) configuration of IP channel emulator for this test case


[image: image13]
Figure 9: Static jitter buffer configuration with G.729: 
(a) uplink; (b) downlink; (c) configuration of IP channel emulator for this test case
End change 12
Start change 13
A.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 A.3 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 [25]
6th block: constant, definable delay of 10-30 ms (uniformly distributed between 80-239 (0-based indexing) samples). Figure A.3 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 A.3: Uplink and Downlink Processing Function Delay Blocks 

A.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 [25]
2nd block: constant, definable delay of 10-30 ms (uniformly distributed between 80-239 (0-based indexing)  samples). Figure A.3 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 A.3 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.
End change 13
Start change 14
Annex B:
Required transmission times for IVS initiated eCall signalling and HL-ACK

With the selection test campaign the following results were obtained: 

Processing block 1 (optional, depending on modem configuration):
The time from transmitting the first ‘SEND’ message until its successful detection is on average approximately 1 second, the minimum time is approximately 0.8 seconds. In all test cases of the selection test campaign the ‘SEND’ message was successfully detected. The limit of ‘SEND’ transmission time was set to 2 seconds, corresponding to the duration of five ‘SEND’ messages.

Processing block 3: 
The transmission of five HL-ACK frames takes approximately 2 seconds. Simulating the selection test campaign, the HL-ACK was always successfully detected. 

Identical test cases as above were simulated again with G.729 Annex BA, resulting in 100 % successful detections of both SEND and HL-ACK messages. 

In processing block 2, there are two time intervals outside of the actual MSD transmission time (determining the Figure of Merit). The first interval, ranging from the first transmission to the detection of START messages, typically lasted 1.16 s in characterization test simulations. The duration of the second interval, consisting of the transmission of LL-ACK messages after the MSD has been received, depends on the number of LL-ACK messages. According to [9], at least four LL-ACK messages shall be transmitted, which results in a duration of approximately 1.6 s.
End change 14
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