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1. Introduction
This document contains results on verification/characterization item ‘Performance with dynamic jitter buffer’ for the endorsed eCall modem solution by Qualcomm. This item is listed as the first item among the verification/characterization items that were defined in Table 1c in the Permanent Document PD6 [1]. The analysis has 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.
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 (e2e) delay, commonly termed jitter, can lead to situations where the playback utility is ready to play a packet, but no packets are present in the buffer.  This condition is called an underflow and leads to degradation of perceived voice quality. A de-jitter buffer attempts to smoothen out jitter by delaying playback of packets so as to provide a continuous supply of voice packets to the playback utility. De-jitter algorithms use various techniques to maintain a high quality of speech, while at the same time keeping e2e delays within acceptable limits. 

2. Procedure
The eCall simulation framework was extended by a VoIP packetizer, a VoIP end-to-end channel simulator, and a VoIP de-packetizer including a dynamic de-jitter buffer.
The VoIP packetizer converts the encoded speech frames to IP packets. The VoIP end-to-end channel mimics packet losses and varying individual packet delays. The decoder is equipped with a dynamic jitter buffer of adaptive delay.
a. VoIP End-to-end Channel Model
The VoIP end-to-end channel model was simulated based on delay-error-profile traces according to [2]. As described therein, the channel model for VoIP can be appropriately represented by using delay profiles, which capture the delay as well as error behaviour of RTP packets under various conditions of channel quality and network loading.  Note that the used delay profiles are not exhaustive and that additional data – especially for pure network VoIP – may be added when available.  

Different VoIP scenarios were tested. All considered scenarios are described more precisely in [2].  The profiles can be roughly characterized by the distribution of the IP packet delays and the percentage of dropped packets. Table 1 comprises the standard deviations of the delays, mean delays , maximum delays max, the percentages of dropped packets Pdrop and the percentage of late packets Plate for different end-to-end channel scenarios. Also, the percentage of lost packets Ploss = Plate + Pdrop is given. Dropped packets are excluded from the statistics in the table. We considered only mobile to mobile (M2M) and mobile to land (M2L) VoIP scenarios, which are more ambitious for the eCall data transmission than pure network VoIP. These conditions are harder than what could be usually expected. Thus, the current contribution includes the more ambitious cases for eCall MSD transmission.
Table 1: IP packet delay and loss statistics of the considered VoIP end-to-end channels
	Scenario
	Statistics


	Mode 
	Load 
	Percentile 
	minms
	ms
	maxms
	Pdrop / % 
	Plate / %
	Ploss / %

	M2M
	Full
	5th 
	118
	17
	145
	0.61
	0.04
	0.65

	M2M
	Full
	50th 
	93
	21
	125
	0.78
	0.04
	0.82

	M2M
	Full
	85th 
	102
	18
	128
	0.90
	0.06
	0.97

	M2M
	Full
	95th 
	96
	26
	144
	1.76
	0.02
	1.78

	M2M
	Full
	99th 
	130
	29
	188
	3.78
	0.07
	3.85

	M2L
	Full
	5th 
	55
	14
	73
	0.53
	0.02
	0.54

	M2L
	Full
	50th 
	58
	15
	80
	0.67
	0.02
	0.68

	M2L
	Full
	99th 
	52
	15
	74
	0.87
	0.02
	0.89

	M2M,
	Half
	85th 
	74
	17
	100
	0.83
	0.07
	0.90

	M2M,
	Half
	95th 
	120
	20
	149
	1.14
	0.06
	1.20

	M2M,
	Half
	99th 
	131
	24
	171
	2.73
	0.09
	2.82

	M2L
	Half
	99th 
	52
	15
	73
	0.75
	0.02
	0.77


b. Dynamic Jitter Buffer
The de-jitter buffer delay defines the delay of the first packet after it has been received. Specifically, after the first packet is received, its playback is delayed by a time equal to the minimum of the de-jitter buffer delay and the time it takes for the de-jitter buffer to accumulate voice data equal to the de-jitter delay being targeted. Packet underflows occurring at the de-jitter buffer can be caused due to one of the following two reasons:
Underflow due to dropped packet: A packet was dropped somewhere in the access network, for example, physical layer or forward link scheduler drops.

Underflow due to late packet: A packet was so delayed in reaching the receiver that it missed its playback time.

To compensate for buffer underflows, packet loss concealment techniques as specified in [3] are used.  

To perform the investigations, a dynamic jitter buffer with adaptive delay of minimum two and maximum five speech frames, i.e., delays between 40 ms and 100 ms length are used. The default start delay of the dynamic jitter buffer is 60 ms. Delays are always multiples of 20 ms.
c. Simulation procedure

The encoded speech frames are mapped onto IP packets. These IP packets undergo the channel modelling, i.e. they are individually delayed or even lost. The incoming IP packets are stored in the dynamic buffer and processed as described above.  
3. Results

The obtained results show that the eCall modem works under most VoIP scenarios with hardly any degradation. Only under the hardest conditions, i.e., M2M VoIP in the range of high percentiles, the average transmission times increase considerably (even these transmission times should be feasible, though). A summary of the results is given in Table 2.
Note that the number in the column “percentile” here refers to the percentile of users which have a better packet loss Ploss than the considered user with the given profile in this scenario.

Table 2: Performance of VoIP operation with various conditions and different speech codecs

	Codec (error free)
	AMR 5.9
	AMR 12.2

	 
	Average transmission time

	
	Frames
	Seconds
	Frames
	Seconds

	M2M, full load, 5th percentile
	110.1
	2.20
	74.4
	1.49

	M2M, full load, 50th percentile
	110.1
	2.20
	74.7
	1.49

	M2M, full load, 85th percentile
	110.1
	2.20
	74.7
	1.49

	M2M, full load, 95th percentile
	160.5
	3.21
	76.8
	1.54

	M2M, full load, 99th percentile
	997.4
	19.9
	614.0
	12.28

	M2L, full load, 5th percentile
	111.2
	2.22
	75.7
	1.51

	M2L, full load, 50th percentile
	110.1
	2.20
	74.7
	1.49

	M2L, full load, 99th percentile
	110.1
	2.20
	74.7
	1.49

	M2M, half load, 85th percentile
	110.1
	2.20
	74.7
	1.49

	M2M, half load, 95th percentile
	110.1
	2.20
	74.7
	1.49

	M2M, half load, 99th percentile
	204.8
	4.10
	85.3
	1.71

	M2L, half load, 99th percentile
	110.1
	2.20
	74.7
	1.49


4. Conclusions

The eCall modem is well suited to transmit MSDs reliably over VoIP channels.
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