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1 Introduction
This document provides the characterization test plan that shall be used to generate test results to be included in the eCall modem characterization test report.   .
2 Characterization Report

The Characterization report should include the following test results:

· Test results for the selection phase of the eCall modem.

· Completed test results for the verification phase of the eCall modem (table1c of PD6)

· Test results from the additional evaluations defined in the rest of this document.
3 Codecs and Channel Conditions
The selection test plan [1] required evaluating the eCall solution for 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
	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
	(#)
	#
	
	
	
	
	
	
	(#)


However 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. Therefore, for the characterization phase, the selected eCall solution should be evaluated for the suggested conditions, subject to the availability of the additional error patterns:
· The eCall performance should be evaluated for the wider range of channel conditions included in Table 1 where ‘#’ identifies worse conditions and ‘(#)’ identifies better conditions.  If the eCall solution is error-free (correctly receives MSD 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.  The average and maximum transmission times of the in-band modem over these conditions shall be reported.
· The performance for error free conditions should be evaluated for all AMR codec modes (AMR 12.20, 10.20, 7.95, 7.40, 6.70, 5.90, 5.15, 4.75). 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 5.  The average and maximum transmission times of the in-band modem over these conditions shall be reported.
· Evaluating the performance for other codecs / channel conditions, e.g. GSM-EFR, GSM-HR, AMR-HR and AMR-WB, should also be considered, even though emergency calls (in current releases of GERAN and UTRAN) should not use these codecs.  These codecs should be tested over the following channel conditions: {C/I = 4 dB, 10 dB, 16dB, error free} for AMR-WB and GSM-EFR, and {C/I = 7 dB, 10 dB, 16dB, error free} for GSM-HR and AMR-HR. The average and maximum transmission times of the in-band modem over these different codec and channel conditions shall be reported. 
4 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.
The best way to generate error patterns for realistic varying channel conditions is by simulation. In case such simulations are unavailable, segments of error patterns from different channel conditions could be concatenated together .
The resulting error patterns will be used in the RIM framework [3] to test the in-band modem performance.  The average and maximum transmission time of the in-band modem over this concatenated error pattern shall be reported. 
5 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.  Each of these transcoding configurations shall be tested with the 2600 codec and channel test cases used in the official campaign of the selection testing.  The average and maximum transmission times for the different 3GPP codec configurations (GSM_FR and  AMR 12.20, 10.20, 7.95, 7.40, 6.70, 5.90, 5.15, 4.75) shall be reported.
6 Noisy conditions

PSTN connections may use analog lines. 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 for noisy conditions by adding a white noise or speech-like “babble noise” signals, in the range of (70 dB … 10 dB) segmental SNR, to the PSTN signal in the test framework [3].  With the noise added, the modem shall be tested over the 2600 codec and channel test cases used in the official campaign of the selection testing. The average and maximum transmission time for the 26 different codec and channel test conditions shall be reported.
7 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.
The in-band modem shall be encoded with the nine different codec configurations (GSM_FR and  AMR 12.20, 10.20, 7.95, 7.40, 6.70, 5.90, 5.15, 4.75) used in the selection testing, to produce transmitter voice frames.   A network jitter profile shall be used to introduce jitter into the transport of the encoded voice frames.  A de-jitter buffer shall be used to de-jitter the transported frames at the receiver and then provide them to the codec for decoding.  The speech signal is provided to the in-band modem receiver after decoding.  The average and maximum transmission time for the nine different codec and channel test conditions shall be reported.
8 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.
The in-band modem shall be encoded with the following AMR modes  (AMR 12.20, 10.20, 7.95, 7.40, 6.70, 5.90, 5.15, 4.75) used in the selection testing, to produce transmitter voice frames.   The six transmission delay and error profiles for HSPA as specified in [2] shall be used to introduce transport delay and packet losses.  
A de-jitter buffer shall be used to de-jitter the transported frames at the receiver and then provide them to the codec for decoding.  The speech signal is provided to the in-band modem receiver after decoding.  The average and maximum transmission time for the different AMR modes and the six HSPA delay and error profiles shall be reported.

9 Erroneous tone detection

In an in-band modem solution, the receiver needs to detect the modem waveforms 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.
Since the in-band modem solution does not use tones for its modulation waveform it should not falsely trigger other in-band signaling such as call progress, DTMF, TTY, CTM, etc…  Extensive testing of these scenarios is not necessary for characterization.  Tests of CTM and DTMF false detection are more than sufficient to characterize the in-band modem’s performance.
10 Gaps in transmission due to Handovers (both Inter-System and Intra-System)
Basically, once the emergency call is active a change in the conditions of the serving cell may appear, making the MS/UE to perform a Handover. This procedure will imply a gap in the transmission of the voice and therefore in the in-band signalling of the IVS/PSAP modem. 
The scenario covering this situation will imply the connection/disconnection of the link between the IVS and the PSAP, that will be tested in order to check that the functionality of the modem is not degraded.
11 Change of Speech Codec used due different channel conditions or to an Inter-System Handover
A switch on the Radio Access Technology (RAT) or in the conditions of the serving cell may imply the change of the speech codec to be used. Hence, the following jumps from one speech codec to another will be taken into account in order to check the performance of the IVS/PSAP modem. Two sub-scenarios can be identified: 
1. Due to changes on the conditions of the serving cell:
Basic sequential shifts of AMR codec modes will be tested:
· 12.2 ( 7.4 ( 5.9 ( 4.75
· 4.75 ( 5.9 ( 7.4 ( 12.2
2. In an Inter-System Handover scenario :
A Handover from GSM to UTRAN or from UTRAN to GSM could imply a change in the speech codec to be used. Therefore, the following test scenario will be taken into account:

Table 1 (From UTRAM to GSM) (extracted from 3GPP 34.123-1 section 8.3.7)
	From
	To
	State 

of call

	UTRAN AMR

(conversational/speech/

uplink:12.2 DL:12.2 kbps/CS RAB +

uplink:3.4 DL3.4 kbps SRBS)
	GSM AMR
	U10

	UTRAN AMR

(conversational/speech/

uplink:12.2 DL:12.2 kbps/CS RAB +

uplink:3.4 DL3.4 kbps SRBS)
	GSM EFR
	U10

	UTRAN AMR

(conversational/speech/

uplink:12.2 DL:12.2 kbps/CS RAB +

uplink:3.4 DL3.4 kbps SRBS)
	GSM FR
	U10

	UTRAN AMR

(conversational/speech/

uplink:12.2 DL:12.2 kbps/CS RAB +

uplink:3.4 DL3.4 kbps SRBS)
	GSM HR
	U10


Table 2 (From GSM to UTRAN) (extracted from 3GPP 51.010-1 section 60)
	From
	To
	State 

of call

	GSM FR
	UTRAN AMR

(conversational/speech/

UL:12.2 DL:12.2 kbps/CS RAB +

UL:3.4 DL3.4 kbps SRBS)
	U10

	GSM EFR
	UTRAN AMR

(conversational/speech/

UL:12.2 DL:12.2 kbps/CS RAB +

UL:3.4 DL3.4 kbps SRBS)
	U10

	GSM AMR
	UTRAN AMR

(conversational/speech/

UL:12.2 DL:12.2 kbps/CS RAB +

UL:3.4 DL3.4 kbps SRBS)
	U10

	GSM HR
	UTRAN AMR

(conversational/speech/

UL:12.2 DL:12.2 kbps/CS RAB +

UL:3.4 DL3.4 kbps SRBS)
	U10


12 Sample Slip / Small Delay Variations at Handover
This condition consists of deleting or adding few samples to the UL and/or DL signal.

[Exact test conditions to be discussed]
13 Combinations of Test Conditions
· GSM-HR and AMR-HR with transcoding (G.729 / G.726) under different channel conditions

· CSoHS with transcoding (G.729 / G.726)

· CSoHS with transcoding (G.729 / G.726) and echo cancellation
14 Characterization Work Summary
The following table summarizes the different tasks to be performed as part of the Characterization Testing.
	Item
	Description
	Contributing Organization(s)
	Time Frame
	Status

	1
	Performance with dynamic jitter buffer (IMS and MTSI)
	Independent Host Lab (TBD)
	By SA4#54
	

	2
	Performance with echo cancellation
	Independent Host Lab (TBD)
	By SA4#52
	done in verification phase

	3
	Performance with transcoding or multiplexing
	Independent Host Lab (TBD)
	By SA4#52
	done in verification phase

	4
	Performance with packet loss concealment techniques
	Independent Host Lab (TBD)
	By SA4#52
	done in verification phase

	5
	Performance with other codec types and configurations (not tested in selection tests). The proposed codecs are:

· GSM HR,EFR

· AMR HR
· AMR-WB
	Independent Host Lab (TBD)
	By SA4#52 / by SA4#54 (AMR-WB)
	GSM HR, EFR, AMR HR done in verification phase

	6
	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).
	Independent Host Lab (TBD)
	By SA4#54
	

	7
	Varying Channel Conditions
	Independent Host Lab (TBD)
	By SA4#54
	

	8
	Performance with static jitter buffer (CSoHS, AoIP, and SIP-I services) 
	Independent Host Lab (TBD)
	By SA4#52
	done in verification phase

	9
	Noisy Conditions
	Independent Host Lab (TBD)
	By SA4#54
	

	10
	Erroneous Tone Detection
	Independent Host Lab (TBD)
	By SA4#53
	done in selection phase

	11
	Gaps in transmission due to Handovers (both Inter-System and Intra-System)
	Independent Host Lab (TBD)
	By SA4#54
	

	12
	Change of Speech Codec used due different channel conditions or to an Inter-System Handover
	Independent Host Lab (TBD)
	By SA4#54
	

	13
	Sample Slip / Small Delay Variations at Handover
	Independent Host Lab (TBD)
	By SA4#54
	

	14
	Combinations of Test Conditions 
	Independent Host Lab (TBD)
	By SA4#54
	


An independent host lab will perform the characterization testing.  If more than on independent host lab is interested in performing the characterization testing then the responsibilities of performing the different tasks could be divided among the different labs.

15 Conclusion

This document provides a proposed test plan for the characterization phase that are recommended to be included in the eCall modem characterization test report.   3GPP SA4 should finalize which items to actually include in the Characterization Test report based on availability of testing resources and the eCall timeplan schedule.
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