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1. Introduction
This document contains results on verification items for the endorsed eCall modem solution, according to the table of verification items in the Permanent Document PD6 [1]. The verification items have been carried out on the basis of the prototype version of the eCall modem code which was also used in the selection tests by AT4 Wireless. Additionally, the verification items have been carried out with the improved modem [19]. 
2. Verification Items (results do not have to be included into the characterisation TR)
Table 1b of [1] lists two verification items.
a. Review of draft TSs/TR

Updated versions of the two TSs on eCall “General description” [2] and “ANSI-C reference code” [3] have been prepared and submitted to the SA4 #52 meeting as Tdocs S4-090053 [5] and S4-090054 [6].
b. Verification of the format of the C-code (i.e. quality of C-code)

The prototype version of the eCall modem C-code has been reviewed thoroughly, and the complexity and memory requirements have been further analysed. As a result, one minor bug was found in the code which did not influence the average MSD transmission time but resulted in unnecessary memory usage in the IVS. The bug has been fixed, and the required code change and consequences on memory usage have been reported in Tdoc S4-080634 [7].
In an effort to reduce memory usage in the PSAP, the word length of certain buffers in the channel decoder was shortened without affecting the MSD transmission performance. The according modifications to the C-code are described and proposed in Tdoc S4-080635 [8]. Since then, some additional code cleanup has been carried out. Further updates of the C-code due to the verification results are explained in Tdoc S4-090056 [19]. 
3. Verification Items (results to be included into the characterisation TR)

a. Preface
Table 1c of [1] lists six verification items. These verification items are treated in the following subsections 3.b to 3.g. Subsection 3.h additionally treats the performance of the eCall modem with additional channel conditions. Unless otherwise stated, the verification of the items is based on simulations with the official AT4 Wireless test campaign. The respective text file is official_test_configuration_file.txt, which is included in [11]. Two relevant criteria to assess the performance of the eCall modem in different conditions are the figure of merit as defined in [18] and the number of timeouts occurring when simulating the official test campaign. 
Since it emerged that for some verification test cases significant performance improvements with respect to the eCall modem version used in the official selection test could be obtained by minor modifications, it was decided to adopt some algorithmic changes yielding in an improved modem [19]. Most simulations were carried out with both versions of the modem, i.e. the modem version used in the selection test [11] and the improved version of the modem. These comparative simulations clearly show that the changes were necessary to address some of the verification test cases on the one hand and that they lead to the desired improved performance, meeting the verification items on the other hand.
b. Performance with jitter buffer
Introduction

This section contains results on verification/characterization item ‘Performance with jitter buffer’ for the endorsed eCall modem solution by Qualcomm. The analysis has been carried out on the basis of both the prototype version of the eCall modem code which was also used in the selection tests by AT4 Wireless, and based on the improved modem [19]. 
Specifically, in this section cases 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 irregular arrival of data packets at the gateway. Even out-of-order arrival may occur. Hence 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 (time delay variance) which can be compensated is limited by the size of the jitter buffer. All data packets with too high delay exceeding the buffer size can’t be forwarded at the adequate time and have to be discarded. This ‘dropping’ leads to degradation of perceived voice quality 
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 schemes will be discussed in the respective sections. 

Simulation Methodology

For eCall verification purposes, jitter buffers with fixed, i.e. adjustable but not adaptive delays have been integrated into the simulation framework [20]. 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 we assume one compressed speech frame of 20 ms per IP packet, i.e. either one G.711 A-law encoded 20ms speech frame or two encoded G.729 10 ms speech frames per IP packet. 
The VoIP end-to-end channel mimics packet losses and varying individual packet delays based on delay and error profiles [14]. 
Table 1 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. Nevertheless, the main focus was put on the delay and error profiles 4 and 5, since they comprise the hardest conditions. All delay and error profiles in Table 1 represent VoIP over the air channel conditions, typically exhibiting larger delay variations and higher packet loss rates than pure network VoIP conditions. Since there were no delay and error profiles available for pure network VoIP, the much harder VoIP over the air delay and error profiles were used for eCall verification. Note that in all jitter buffer simulations, the starting point in the delay error profiles is selected randomly for each single MSD transmission. 
Table 1: Delay and error profiles, used for simulation (taken from [14])
	Profile
	Characteristics
	Packet loss rate (%)

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

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

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

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

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

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


Jitter buffer based on ITU G.711 A-law companded speech frames
For VoIP transmission, each A-law companded 20ms speech frame of 160 byte is encapsulated in an IP-packet. If an IP packet is dropped, the respective speech frame is replaced by the preceding speech frame scaled down by a factor of 0.8. 
The simulation results reproduced in Table 2 show the performance of the eCall modems with packets of G.711 encoded speech transmitted over the IP network, based on different delay and error conditions, where we assume jitter buffers of different delays in the range of 40 ms to 100 ms, corresponding to jitter buffer sizes of 2 to 5 speech frames. 

Table 2: Figure of merit (average MSD transmission time in seconds) with G.711 transcoding and delay jitter for the improved modem [19]
	Profile
	Jitter buffer delay

	
	40 ms
	60 ms
	80 ms
	100 ms

	4
	4.2
	3.2
	2.4
	2.2

	5
	4.8
	4.3
	2.9
	2.5


Jitter buffer based on ITU G.729 encoded speech frames
G.729 is a Conjugate Structure Algebraic Code Excited Linear Prediction (CS-ACELP) scheme for speech encoding specified by the International Telecommunications Union (ITU) [17]. It compresses speech from 16 bit samples at 8kHz (128 kbps) to 8 kbps, and was designed for cellular and networking applications. In G.729 encoding, PCM data is processed in packets of 10 milliseconds duration, i.e. half speech frames. We use the 8 k bit/s mode, i.e. each 10 ms packet has a size of one byte, and, consequently, a speech frame corresponds to 2 byte. Packet loss concealment based on these G.729 encoded speech frames is considered. An error concealment procedure is incorporated in the G.729 decoder. A bad/lost frame is indicated to this G.729 decoder, by setting all bits of that frame to zero (besides the sync word and the serial size word). 

Table 3 and Table 4 show the resulting figures of merit obtained in different channel scenarios and with different jitter buffer delays, where the selection test modem and the improved modem were used, respectively. 
Table 3: Figure of merit (average MSD transmission time in seconds) with transcoding according G.729 Annex B based on Annex A and delay jitter for the selection test modem
	Profile
	Jitter buffer delay

	
	40 ms
	60 ms
	80 ms
	100 ms

	3
	
	4.0 s
1 timeout
	3.6 s
1 timeout
	3.4 s
1 timeout

	4
	
	7.6 s
4 timeouts
	4.4 s
1 timeout
	4.1 s
2 timeouts

	5
	
	55.7 s
611 timeouts
	7.4 s
9 timeouts
	5.2 s
5 timeouts


Table 4 shows the resulting figures of merit obtained in different channel scenarios and with different jitter buffer delays, where the improved new modem was used. No timeouts occurred with the improved modem. 

Table 4: Figure of merit (average MSD transmission time in seconds) with transcoding according G.729 Annex B based on Annex A and delay jitter for the improved modem [19]
	Profile
	Jitter buffer delay

	
	40 ms
	60 ms
	80 ms
	100 ms

	1
	3.2
	3.2
	3.2
	3.2

	2
	3.9
	3.3
	3.3
	3.2

	3
	4.2
	3.4
	3.2
	3.2

	4
	10.1
	6.8
	4.0
	3.6

	5
	13.3
	11.9
	5.0
	4.2

	6
	3.2
	3.2
	3.2
	3.2


In Figure 1, the transmission times of the MSDs from the official test campaign are depicted for G.729 Annex B based on Annex A encoded speech frames in delay and error profile 5 [14] with a jitter buffer delay of 60 ms - on the left hand side for the selection test modem, on the right hand side for the improved modem. The numbering on the horizontal axis refers to the respective numbering of the test conditions listed in Table 5 [11]. Under test conditions 18 to 22, the selection test modem shows timeouts in many cases, in the test conditions 23 to 26 it fails completely. Thus, it exhibits also a very bad figure of merit of 55.7 seconds. Under the same conditions, the improved modem showed not a single timeout and achieves an acceptable figure of merit of 11.88 seconds. 
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Figure 1: Transmission times for all test cases with delay and error profile 5 and a jitter buffer delay of 60ms.
Table 5: Numbering of test conditions according [11] used in Figure 1
	Codec type
	GSM FR
	FR AMR

	Codec mode
	13.0
	12.2
	10.2
	7.95
	7.4
	6.7
	5.9
	5.15
	4.75

	C/I = 1 dB
	
	
	
	
	
	
	
	
	23

	C/I = 4 dB
	
	
	
	
	
	
	19
	21
	24

	C/I = 7 dB
	1
	9
	13
	15
	17
	18
	20
	22
	25

	C/I = 10 dB
	2
	7
	11
	14
	16
	
	
	
	

	C/I = 13 dB
	3
	8
	12
	
	
	
	
	
	

	C/I = 16 dB
	4
	
	
	
	
	
	
	
	

	Error free
	6
	10
	
	
	
	
	
	
	

	RSSI = -100 dBm
	5
	
	
	
	
	
	
	
	26


Table 6: Figure of merit (average transmission time in seconds) with G.729 Annex B transcoding and delay jitter for the improved modem [19]
	Profile
	Jitter buffer size

	
	40 ms
	60 ms
	80 ms
	100 ms

	4
	9.7
	6.6
	3.9
	3.6

	5
	11.1
	9.9
	4.6
	3.9


c. 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 official selection testing (S4-080582) [12], and for the unordered official test campaign file which contains 2600 test cases in total. For all echo cancellation simulations, the selection test modem was used. According to the eCall Selection Test Plan (S4-080446) [13], the signal paths in both uplink and downlink of the simulation chain experience delays ranging from 10 to 30 milliseconds. In order to assess different relations of filter length to delay range, all uplink and downlink delays within the official campaign have further been downscaled by either a factor of 6 or 15.

Performance results are shown in Table 7, Table 8, and Table 9. In all three cases, no impact of the echo canceller on the modem performance is observed. The Figure of Merit (FoM) stays slightly above 2 seconds and therefore preserves the statistical performance as without echo cancellation.
Table 7: Performance with echo cancellation, with a filter length of 64 samples (8 ms), official campaign.
	2600 test cases
official campaign
	Average transmission time
	Maximum transmission time

	
	Frames
	Seconds
	Frames
	Seconds

	Full Rate
	82.89
	1.6579
	729
	14.58

	AMR 12.20
	77.50
	1.5501
	187
	3.74

	AMR 10.20
	75.97
	1.5193
	169
	3.38

	AMR 7.95
	81.26
	1.6252
	187
	3.74

	AMR 7.40
	79.90
	1.5980
	168
	3.36

	AMR 6.70
	97.89
	1.9578
	121
	2.42

	AMR 5.90
	112.72
	2.2543
	204
	4.08

	AMR 5.15
	143.47
	2.8695
	260
	5.20

	AMR 4.75
	167.76
	3.3552
	311
	6.22

	Figure of Merit
	101.50
	2.0299
	
	


Table 8: Performance with echo cancellation, filter length 64 samples (8 ms), official campaign with all delays downscaled by factor 15.
	2600 test cases
official campaign
	Average transmission time
	Maximum transmission time

	
	Frames
	Seconds
	Frames
	Seconds

	Full Rate
	85.38
	1.7075
	665
	13.30

	AMR 12.20
	75.83
	1.5166
	185
	3.70

	AMR 10.20
	75.90
	1.5180
	185
	3.70

	AMR 7.95
	80.57
	1.6114
	101
	2.02

	AMR 7.40
	80.36
	1.6072
	167
	3.34

	AMR 6.70
	97.52
	1.9504
	185
	3.70

	AMR 5.90
	111.11
	2.2221
	203
	4.06

	AMR 5.15
	141.73
	2.8346
	619
	12.38

	AMR 4.75
	166.25
	3.3250
	354
	7.08

	Figure of Merit
	101.28
	2.0256
	
	


Table 9: Performance with echo cancellation, filter length 160 samples (20 ms), official campaign with all delays downscaled by factor 6.
	2600 test cases
official campaign
	Average transmission time
	Maximum transmission time

	
	Frames
	Seconds
	Frames
	Seconds

	Full Rate
	82.36
	1.6472
	266
	5.32

	AMR 12.20
	74.75
	1.4950
	186
	3.72

	AMR 10.20
	76.85
	1.5370
	185
	3.70

	AMR 7.95
	80.93
	1.6186
	101
	2.02

	AMR 7.40
	80.45
	1.6090
	167
	3.34

	AMR 6.70
	97.58
	1.9516
	101
	2.02

	AMR 5.90
	111.16
	2.2232
	203
	4.06

	AMR 5.15
	139.17
	2.7834
	273
	5.46

	AMR 4.75
	163.93
	3.2786
	354
	7.08

	Figure of Merit
	100.02
	2.0003
	
	


d. Performance with transcoding 

The simulation framework as used for official selection testing already includes a form of audio impairment in uplink and downlink, prior to and after PSAP processing: G.711 A-Law compression and expansion.
To assess the performance of the eCall modem versions with transcoding, two different configurations are considered: First, the concatenation of G.711 A-law compression and ITU G.726 Adaptive Differential Pulse Code Modulation (ADPCM) [16], where we use the mode with an output data rate of 32 kbit/s, and, second, ITU G.729 transcoding by conjugate‑structure algebraic-code-excited linear prediction (CS-ACELP) [17], where the mode is used that compresses PCM data at 128 kbit/s to a rate of 8 kbit/s. 
Performance with ITU G.726 transcoding 
In the present section, the eCall modem performance is tested for cases where the speech frames are transcoded according ITU G.726 [16]. 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 k bit/s. For the eCall verification purposes, the most commonly used mode with a data rate of 32 k bit/s is applied. G.726 operates on 64 k bit/s A-law or mu-law PCM data. Nevertheless, in the ADPCM encoder the first operation is the conversion of the A-law or mu-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. The implementation of the G.726 codec included to the eCall simulation framework is based on the ITU reference code. Table 10 compares figures of merit obtained with the selection test modem and those obtained using the improved modem. The figures of merit clearly show the increased performance obtained by means of the improvements of the modem compared to the selection test version.
Table 10: Figure of merit with G.726 transcoding
	
	Selection test modem
	Improved modem [19]

	G.726
	5.217 s
33 timeouts
	2.106 s
no timeouts


Performance with ITU G.729 transcoding

In the present section eCall modem performance is tested for cases where the speech frames are transcoded according different Annexes of ITU G.729 [17]. To assess the performance with transcoding, G.711 processing was replaced by G.729 coding, similar as described in section 3.b, but without delay jitter. Based on the G.729 reference code, the transcoder was attached to the simulation framework via a standard IO pipe, in exactly the same way as in both uplink and downlink also the FR or AMR codecs are attached. The main body of G.729 supports 8.0 kbit/s as output data rate.

Performance results for transcoding according G.729 Annex A, G.729 Annex B, and G.729 Annex B based on Annex A obtained with the selection test modem and those obtained using the improved modem are shown in Table 11. For all three modes, the improved modem exhibits a moderate increase with respect to the average transmission time, i.e., a decrease of the figure of merit. In contrast to the selection test modem, the improved modem does not show any timeouts. 
Table 11: Figure of merit with G.729 transcoding
	
	Selection test modem
	Improved modem [19]

	G.729 Annex A
	3.820 s
6 timeouts
	3.222 s
no timeouts

	G.729 Annex B
	3.951 s
9 timeouts
	3.206 s 
no timeouts

	G.729 Annex B based on Annex A
	3.665 s
4 timeouts
	3.232 s 
no timeouts


e. Performance with packet loss concealment techniques
This section deals with the verification item 4 from Table 1c in [1]: Transmission of speech packets over the packet-switched IP network is considered, where a certain percentage of the IP packets is lost randomly. Lost packets are replaced by concealment techniques specific for the respective compression scheme. As in section 3.a, G.711 A-law compression and G.729 transcoding are considered. 
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 section 3.a. Here, packets are erased randomly with a certain loss probability. Then, the same packet loss concealment techniques as described in section 3.a are applied. In the simulations loss probabilities of 1% and 10% are considered. Again, packet loss concealment techniques for both G.711 and G.729 Annex BA were taken into account, the respective results are shown in the Table 12 and Table 13. In all cases the improved modem shows a better figure of merit than the selection test modem. 
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. 
Packet loss concealment for ITU G.711 encoded speech

Table 12: Figure of merit for packet loss concealment with ITU G.711 transcoding and packet loss probabilities of 1% and 10%.
	Loss probability
	Selection test modem
	Improved modem [19]

	1%
	2.12 s
	2.11 s

	10%
	2.81 s
	2.73 s


Packet loss concealment for ITU G.729 transcoded speech

Table 13: Figure of merit for packet loss concealment with ITU G.729 Annex B based on Annex A transcoding and packet loss probabilities of 1% and 10%.
	Loss probability
	Selection test modem
	Improved modem [19]

	1%
	3.81 s
(3 timeouts)
	3.35 s
(no timeouts)

	10%
	7.86
(2 timeouts)
	4.88 s
(no timeouts)


f. Performance with other codec types and configurations (not tested in selection tests)
Performance with GSM half-rate speech codec
To test the modem’s performance over GSM-HR speech channels, the ETSI GSM HR source code version including channel coding and decoding [22] was used. This special version of the code also includes an Error Insertion Device (EID) in source code form (MAPEID3.C). Both speech codec and EID were integrated into the eCall modem test setup. The input/output interfaces of the speech codec had to be changed from file I/O to the Windows pipe I/O used in the test setup. It was ensured (by checking the bit-exactness of the output of the encoder-decoder chain) that the special version of the GSM-HR codec is identical in its speech coding and decoding function to the official GSM-HR standard [21].

Suitable channel error patterns for this version of the GSM-HR codec are also available from ETSI [23] for the channel conditions C/I = 4, 7, and 10 dB. The channel error patterns can the be directly used in the simulation framework.

Table 14 shows figure of merit results for the GSM HR, obtained based on the ETSI error patterns of 8 seconds duration, and for the error-free case. For each channel condition all 160 possible delays were taken into account, i.e. 160 MSD messages were transmitted. The error patterns were used in a cyclic way.
Table 14: Figure of merit and number of timeouts with GSM half-rate in different channel conditions
	 Channel
conditions
	Selection test modem
	Improved modem [19]

	C/I=4 dB
	199.17 s (159 timeouts)
	21.26 s (no timeouts)

	C/I=7 dB
	48.06 s (19 timeouts)
	10.68 s (no timeouts)

	C/I=10 dB
	11.15 s (2 timeouts)
	7.67 s (no timeouts)

	Error free
	12.36 s (5 timeouts)
	6.48 s (no timeouts)


Performance with AMR half-rate speech codec
The AMR-HR employs the same speech codecs than the AMR-FR, but only the six lowest modes (4.75 up to 7.95 kbit/s). The channel coding is however much weaker so that the encoded data can be transmitted within a half-rate channel of 11.4 kbit/s.

In the eCall test setup framework, the AMR-HR performance can be analyzed by only replacing the error patterns and leaving the originally implemented AMR speech codec unchanged.

Residual error patterns in IF1 format were generated by link-level simulations of the AMR-HR speech transmission. These patterns exhibit a duration of 600 s. The channel conditions were taken again from the set C/I = 4, 7, and 10 dB.
For the AMR-HR channels, a total of 1800 test cases were simulated, 100 for each combination of codec mode and C/I value. Table 15 and Table 16 comprise results obtained with the selection test modem and with the improved modem, respectively. For the selection test modem, the overall figure of merit is 4.7787 seconds, not any timeouts occurred. For the improved modem, the overall figure of merit is 4.7049 seconds, not any timeouts occurred. 

Table 15: Figures of Merit for the improved modem [19] individually per codec mode and C/I value 

	
	C/I = 4 dB
	C/I = 7 dB
	C/I = 10 dB
	Average

	AHS 7.95
	7.8332
	4.2290
	2.4548
	4.8390

	AHS 7.40
	5.9392
	3.7440
	2.3588
	4.0140

	AHS 6.70
	7.7090
	4.4298
	2.8044
	4.9811

	AHS 5.90
	7.3068
	4.4318
	2.8230
	4.8539

	AHS 5.15
	8.4162
	5.1314
	3.9450
	5.8309

	AHS 4.75
	8.6708
	5.7626
	4.0250
	6.1528


Table 16: Figures of Merit for the selection test modem individually per codec mode and C/I value 

	
	C/I = 4 dB
	C/I = 7 dB
	C/I = 10 dB
	Average

	AHS 7.95
	7.4284
	4.0708
	2.4910
	4.6634

	AHS 7.40
	6.0880
	3.2816
	2.3250
	3.8982

	AHS 6.70
	7.6342
	3.8124
	2.6784
	4.7083

	AHS 5.90
	8.1432
	4.2146
	2.8964
	5.0847

	AHS 5.15
	9.6716
	4.9014
	3.8502
	6.1411

	AHS 4.75
	9.5786
	5.4960
	4.2706
	6.4484


g. Performance with received PCM signals scaled by constant gain factors
In this section the verification item “AGC with constant gain factors” (item 6 from Table 1c in [1]) is treated. To assess the impact of a possibly misadjusted automatic gain control (AGC) or other linear scaling due to transmission over analogue telephone lines, the input signals to the IVS and PSAP receivers are multiplied with constant gain factors and then mapped again on PCM values. Signal amplitudes exceeding the 16-bit PCM range are clipped.  Simulations have been carried out with gain factors in the range from -24 dB to +30 dB, for both the reference modem and the improved modem. Table 16 comprises the respective figures of merit and the numbers of timeouts. It shows that the reference modem is reacting delicately on downscaling. At a gain of -3 dB the first timeouts occur, at -12 dB it fails completely. The improved modem turns out to be very robust to both up- and downscaling. For gains in the range from -18 dB to +30 dB, no timeouts occurred with the improved modem. 
Table 18: Figure of merit and number of timeouts for both modems and different AGC scaling factors
	Gain
	Amplitude scaling factor 
	Selection test modem
	Improved modem [19]

	
	
	Figure of merit / seconds
	Number of timeouts
	Figure of merit / seconds
	Number of timeouts

	-24 dB
	0.0442
	breaks
	breaks
	14.8764
	143

	-21 dB
	0.0625
	breaks
	breaks
	3.3807
	8

	-18 dB
	0.125
	breaks
	breaks
	2.0455
	0

	-12 dB
	0.25
	breaks
	breaks
	1.9872
	0

	-9 dB
	0.3534
	43.57
	540
	2.0063
	0

	-6 dB
	0.5
	11.43
	118
	2.0173
	0

	-3 dB
	0.7071
	2.28
	3
	2.0271
	0

	+3 dB
	1.4142
	2.0492
	0
	2.035
	0

	+6 dB
	2.0
	2.11
	1
	2.0373
	0

	+12 dB
	4.0
	2.024
	0
	2.2603
	0

	+18 dB
	8.0
	2.1061
	0
	3.7205
	0

	+24 dB
	16
	2.5491
	0
	5.5379
	0

	+30 dB
	32
	3.1289
	0
	7.0306
	0


h. Performance with additional channel conditions; e.g.,different C/I, non-frequency hopping, for codecs used in the Selection Test (depending on availability of error patterns)

A number of additional conditions to be tested are reproduced in Table 14. 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 19: Codec and channel conditions for eCall evaluation. ‘X’ shows conditions included in the selection test plan. ‘#’ and ‘(#)’ shows additional operating conditions that should be evaluated.
	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) the verification has been carried out. The following results have been derived (see Table 15 ):

Table 20: 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


4. Conclusions

The verification results of both modems were compared – in some of the verification items some issues with the old modem occured, whereas the new modem passes all studied verification items.
The remaining items to be addressed in the characterization phase are described in Tdocs S4-090058 [9]. 
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