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1 Introduction
The eCall evaluations performed for the selection has so far only tested CS voice channels and only a selection of the codec and channel combinations that may occur, [1]. Such limitations of the evaluation scope are natural for the selection testing because one need to make compromises between the number of conditions to be tested and the number of candidates 

Once a candidate has been selected it is however natural to characterize the candidate for a wider range of scenarios and operating conditions. This contribution contains suggestions for scenarios and conditions that should be evaluated in the characterization phase for the selected eCall solution.

2 Codecs and channel conditions
The current test plan, [1], calls for evaluating the candidates for the conditions the GSM_FR and FR_AMR codecs. For the FR_AMR codec, only a few channel conditions are tested for each codec mode. These combinations are shown in the Table 1 with ‘X’.

Table 1.
Codec and channel conditions for eCall evaluation. ‘X’ shows conditions included in the selection test plan. ‘#’ and ‘(#)’ shows operating conditions that should be evaluated in the characterization phase.
	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


It should however be known that the 3GPP standard does not provide any strict requirements for which operating conditions a certain codec mode should be used. It is up to the vendors to define the mode adaptation. In the characterization phase, the selected eCall solution should therefore be evaluated for many more combinations of codecs and conditions. The following is suggested:

· The eCall performance should be evaluated for a wider range of channel conditions. An example is included in Table 1 with ‘#’ (worse conditions) and ‘(#)’ marks (better conditions). If the selected eCall solution was error-free (correctly received without any re-transmissions) at any C/I level used in the selection testing then conditions with better C/I do not need to be tested.
· If the performance drops very rapidly between two adjacent operating conditions then additional operating conditions need to be inserted in-between the two channel conditions.

· The performance for error free conditions should be evaluated for all AMR codec modes. This would be used both to establish the “baseline performance” for each codec mode but also to understand how sensitive the eCall solution is to different codecs, see also the last bullet and Section 4.
· Performance for eCall using AMR on UTRAN channels should be evaluated.
· Evaluating the performance for other codecs, e.g. GSM-HR, HR_AMR and AMR-WB, should also be considered, even though emergency calls (in current releases of GERAN and UTRAN) should not use these codecs. Such knowledge would show if the selected eCall solution is robust or not.
3 Varying channel conditions
The selection test plan only evaluated the performance for static channel conditions. In reality, the operating conditions are always varying which makes it important to evaluate the selected eCall solution also for varying channel conditions, especially since the AMR codec mode adaptation thresholds are not specified.
4 Transcoding scenarios
Wireline trunking systems sometimes use G.726 or G.729 for compressing the speech in order to save transmission resources. When telephony calls are routed over IP connections, it is quite common to use the G.729 codec.

It is therefore important to characterize the eCall solution for transcoding scenarios including the G.726 and G.729 codecs.
5 Noisy conditions

PSTN connections may use analog line. It is well known that such lines often add a certain level of electronic noise to the signal. A non-perfect installation of the IVS system may also introduce noise on the sending side.

The selected eCall solution should therefore be evaluated also for noisy conditions.

6 CSoHS, AoIP and SIP-I

The introduction of CSoHS, AoIP and SIP-I means that IP based transport mechanisms will be used. This will introduce packet (or frame) delay jitter, even for circuit switched calls. Jitter buffers will be used to equalize the jitter but such jitter buffers are currently not specified in any 3GPP standards, which means that some jitter buffers may be implemented in many different ways.

The IVS will, most certainly, not know whether jitter will occur and, if this happens, how the jitter will be equalized. The IVS can therefore not adapt or change the eCall transmission scheme to handle such variations in a better way. The eCall solution must therefore be very robust to such scenarios.
7 IMS and MTSI scenarios

With the introduction of real-time communication services on IP-bearers over wireless systems, for example MTSI in HSPA, it is important to know how well the selected eCall solution performs for channels subject to large delay jitter and high packet loss rates.
Therefore, eCall should be characterized for IMS/MTSI scenarios in the characterization phase. The operating conditions being evaluated should at least include packet delay jitter and packet loss rates that can be expected for uplink and downlink channels in HSPA. The range of delay jitter and packet loss rates should not only include “average” conditions but also “severe” conditions. Varying channel conditions should also be evaluated.
8 Erroneous tone detection

In an in-band modem solution, the receiver needs to detect the modem tones correctly. However, it is equally important that the receiver is not triggered by tones that the in-band modem does not use since this would trigger, so called, ‘false alarms’. It is therefore important to verify that other telephony tones and in-band signaling does not trigger the receiver. Such tones are: call progress tones, DTMF, TTY (Baudot), CTM, etc.
Equally important is that the selected in-band modem for eCall does not erroneously trigger other in-band signaling (call progress, DTMF, TTY, CTM, …).
It should be noted that this is a bi-directional evaluation:

· The eCall modem detector should not be triggered by other tones; and:

· The eCall modem tones should not trigger other tone detectors.

9 Proposal
The selected eCall solution should be evaluated for:

· additional channel conditions, including varying channel conditions;

· additional codecs;

· transcoding combinations including the G.726 and G.729 codecs;
· noisy conditions;
· circuit switched over IP based bearers (CSoHS, AoIP, SIP-I, …)

· IMS/MTSI scenarios; and:

· other tones and in-band modems.
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