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1 Introduction

The alignment of RTP packets to the underlying RLC-PDUs has been actively discussed on the e-mail reflector. It has been recognized that the RTP packet size should be adapted when transmitting over packet-based mode with fixed size RLC-PDUs. It is known that shorter packets usually have lower error rates at the expense of higher header overhead. For MBMS, the header overhead is significant as header compression is not applied. Therefore, a tradeoff is necessary. In addition, it has been discussed how an appropriate RTP packet size can be obtained especially in case when transmitting video with the recommended codec H.264/AVC. Several options have been discussed, but all of them have significant drawbacks. We present a method based on fragmentation units in RFC 3984, which provides significant benefits without any drawbacks for an appropriately designed MBMS system. We propose to recommend the use of fragmentation units.
2 Discussion
2.1 The Dilemma
For the streaming delivery within MBMS according to TS26.346, Section 8, original RTP packets when error-protected are only modified in a sense that the RTP header is changed partly and the RTP payload header is extended with SBN and ESI. Therefore, the length of the original RTP packets determines the length of the source RTP packets transmitted over the packet-based bearer within UTRAN or GERAN. The length of the parity RTP packets can be adapted by the definition of the source symbol size T and the number of parity symbols placed in each parity packet.

However, the length of the source RTP packets is exclusively determined by the length of the original RTP packets. The observation as for example stated in S4-050043, section 3, 

“… IP packets are formed into a stream, end to end, which is then segmented into transmission units at regular boundaries.  Under these circumstances, it is not hard to see that goodput is maximized when the IP packets are as small as possible -- this minimizes the statistical 'overlap' of packets from received transmission units into lost ones.  However, against this desire for small packets must be set the cost of per-packet overhead.  Given all this, the actual best goodput is a dynamic function of the loss rate and IP packet size, and hard numbers cannot be given. …“
addresses the dilemma when transmitting RTP/UDP/IP packets with determined and in general variable length over packet-based wireless bearers such as GPRS, EGPRS, and UMTS.

2.2 Suggested Solutions and Drawbacks
Some solutions to this dilemma have been discussed on the e-mail reflector. The guidelines in S4-050043, section 3, 

“… First, form compression data units (e.g. H.264 NAL Units) of a reasonable size -- certainly not so large as to exceed the size of an IP packet packed into a single ethernet packet, and preferably smaller. Secondly, the actual transmission unit size in UMTS is XXXXX bytes;  any IP packet that exceeds this must necessarily straddle a transmission unit boundary and is therefore at risk of loss if one of those transmission units is lost.  NAL Unit and RTP packet size not exceeding this may well be preferred.  Third, do not attempt to meet this size exactly (e.g. by padding) as any slight error or other misalignment will cause every following packet to be misaligned …”

perfectly summarizes the consensus of the e-mail discussion. This procedure certainly provides a solution which is also considered as appropriate for PSS and PSC. However, it has some obvious drawbacks:

1. The video must be encoded with slice structured coding resulting in reduced the coding efficiency of the video. Figure 1 shows for example the average Y-PSNR for QCIF video Foreman with frame rate 7.5 frames per seconds and 64 kbit/s for different RTP packet sizes resulting from the use of slice structured coding such that the maximum packet size is not exceeded. The encoding is performed with the H.264/AVC test model encoder JM3.6. Significant degradation in coding efficiency due to the introduction of slice structured coding is observed for smaller packet sizes.

2. The alignment cannot be achieved exactly as slices can only be formed at macroblock boundaries. This means that the resulting RTP packets still have variance in the packet size.

3. The encoding is specific for certain transmission and service conditions. For example, if the same stream is to be transmitted over GERAN and UTRAN, to align packets one might have to provide two encoded streams. If for example the same stream shall be delivered in a streaming session and a download session, also differently encoded version need to be provided for appropriate alignment.
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Figure 1 Average PSNR over maximum RTP packet size when applying slice structured coding for QCIF video Foreman with frame rate 7.5 frames per seconds and 64 kbit/s

A solution to address issue 3 would be transcoding, but we certainly do not advocate for a video transcoder in the BM-SC.

Another solution to address the third issue has been discussed on the e-mail reflector. It has been proposed to use small slices and to apply the aggregation packets defined in RFC3984, the RTP payload format for H.264. This would allow to flexibly adjust the length of RTP packets with the granularity of the initial slice size chosen. However, for sufficient granularity small slices have to be used which degrades the quality of the video even further according to Figure 1.
3 Fragmentation

From the discussion the dilemma outlined in section 2.1 is still present and a satisfying solution addressing flexibility in the packet size generation has not been achieved. Another mean to adapt the RTP packet size is provided by fragmentation. IP fragmentation according to RFC791 and RFC815 could be used to adapt the IP/UDP packets, but in the reassembly process the loss of single fragment results in the loss of the entire IP packet which itself results in the loss of the entire RTP packet. Therefore, fragmentation is in general not useful as the loss of a single fragment results in the loss of the fragmented IP packet.

A fragmentation feature for NAL units has also been proposed in RFC3984, Section 5.8. The algorithm in Section 5.8 allows fragmenting NAL units at any byte boundary by using the Fragmentation Unit (FU) NAL unit type. For each fragment, this type is added and an additional byte is used to signal the start and the end of a fragmented NAL unit. Each fragmentation unit can be transported in a single RTP packet. The received fragments are reassembled and the NAL unit is delivered as a whole to the video decoder. In case that any fragment is lost the entire NAL unit has to be dropped. Therefore, for PSS and PSC applications it is of no use to apply fragmentation: Although the reduced RTP packet size reduces the RTP packet loss rate, due to the reassembly process the loss rate of the NAL units is not reduced and the overhead is increased due to more packet headers.
For MBMS with FEC this is different as the RTP packets are also inserted in the FEC unit to generate parity packets as shown in Figure 2. 
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Figure 2 MBMS Streaming delivery of H.264 with fragmentation.
If the fragmentation is combined with the forward error correction, the amount of lost source data is reduced compared to the case without fragmentation. In this case however, before forwarding the fragments to the reassembly unit, they are also inserted in the FEC decoding block. Due to the property of the FEC, additional information improves the decoding probability. As more information is available in the decoding process, it is more likely that all RTP packets contained in a source block are decodable such that all fragments can be recovered. The recovered fragments are then forwarded to the reassembly unit which reassembles the fragments to obtain the entire NAL units.

The use of the fragmentation instead of slice structured coding solves many flexibility issues as discussed previously, namely
1. The video can be encoded without using slice structured coding. Each NAL unit contains a single frame regardless of the size of the NAL unit. This maximizes compression efficiency.
2. The overhead of fragmentation units is much lower than the overhead introduced due to slice headers.
3. Exact alignment can be achieved for all fragments of one NAL unit except for the last one. This allows for example fitting into the source block, adaptation to RLC-PDU size, adaptation to the MTU size, etc.
4. One and the same encoded stream, even the one with maximum coding efficiency, can be appropriately aligned and adapted to the transmission conditions or can be delivered also in the download delivery.
This feature is only feasible due to the specific combination of fragmentation and FEC, namely that the fragmentation is applied before the FEC. A detailed example is discussed in section 7, Appendix 2.
4 Selected Results

4.1 Simulation Conditions
In 3GPP S4-040348 some details on simulation conditions specifically for the evaluation of FEC methods have been proposed. We have slightly modified the simulation conditions to appropriately reflect the performance. Obviously, the parameters of the application, e.g. the source packet length, the delay constraints, or the application bit-rate, influence the performance of the system; we use a model which closely reflects the characteristics of a video source. The application is assumed to deliver application packets with variable length, whereby one application layer packets is generated every 100ms reflecting a video frame rate of F=10 frames per second. We assume that the application packets are NAL units. For a given application layer throughput ηAL, we assume an average packet size of S= ηAL/F. The packet length is assumed to be random, whereby the model used assumes iid packet length with uniform distribution between 0.5S and 1.5S. In case that an application packet exceeds a certain maximum threshold Smax, fragmentation according to RFC3984, section 5.8 is used. In any case we assume that a maximum end-to-end delay of δ=5 seconds must not be exceeded.
For the error protection we apply a flexible ideal erasure code with parameters (k,n). The code parameters source block length k and encoding block length n are determined as follows. For a given encoding symbol length T, a given target code rate r, a given number of parity symbols per parity packet, and a given maximum end-to-end delay, we select the largest k and the corresponding largest n such that the maximum end-to-end delay of δ=5 seconds is not exceeded and that the code rate of the code is smaller equal than the target code rate, i.e. k/n ≤ r. Then, for different target code rates r, we evaluate the application layer throughput ηAL taking into account the all header and FEC overhead as well as the Mean-Time Between Failure (MTBF) for this specific code rate. For different system configurations, we plot the MTBF over the application layer throughput ηAL by applying different target code rates r. In addition, we also plot the NAL unit loss rate pNAL and the RTP packet loss rate pRTP.
For our initial results we do not consider other losses than statistically independent RLC-PDU losses. Cell reselection as well as congestion losses are excluded. At least for streaming applications we do not believe that the FEC will be designed such that it can combat other losses than RLC-PDU losses.

In the following we will present selected simulation results.
4.2 Results for UMTS

Figure 3, Figure 4, and, Figure 5 show the RTP packet loss rate, NAL unit loss rate, and the MTBF, respectively, over the application layer throughput for a UMTS-based system with RLC-PDU loss rate 10%, RLC-PDU size 640 bytes, Symbol length T=20, and 30 parity symbols per packet. From Figure 3 it is observed that it is beneficial to use shorter RTP packets as in this case the loss rate is reduced although the application layer overhead is increased. However, adaptation is useful as the scheme with RTP size 600 bytes performs almost as good as the 300 byte scheme. For higher RTP packet size, the RTP packet loss rate increases. Note that it is not important for the RTP packet loss rate whether the contained data are slices or the data are fragments.
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Figure 3 RTP packet loss rate over application layer throughput.
Figure 4 now shows the NAL unit loss rate over the application layer throughput, whereby the NAL unit contains an entire video frame and does not use slice structured coding. For PSS or PSC without FEC, one would expect that the NAL unit loss rate when using fragmentation is as bad or even worse (because of the introduced overhead) as the NAL unit loss rate without fragmentation. However, this only the case for higher application layer throughput where the FEC rate is so high that fragmentation performs worse (see fragment size 300). However, this is not a valid operation point of the system as the MTBF at these throughputs is unacceptable (see Figure 5). In the case with appropriate error rates, the fragmentation provides significantly better performance than no fragmentation. Indeed, the fragmentation with fragment size 600 bytes which is somehow adapted to the RLC-PDU block size of 640 bytes performs best over almost the entire throughput range. This is also observed in Figure 5 where the MTBF, a valid measure for the performance of video is the best for the adapted fragment size. This means that fragmentation is a suitable mean for RTP packet length adaptation within MBMS.
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Figure 4 NAL loss rate over application layer throughput.
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Figure 5 MTBF over application layer throughput.
Similar results can be obtained for GERAN based MBMS.
5 Conclusions

From the results and the example we conclude
· that fragmentation is the appropriate mean for RTP packet length adaptation in MBMS.

· that with fragmentation the full compression efficiency of H.264 can be exploited for MBMS.
6 Proposal
We propose to add to a section on packetization recommendations:
· When H.264 (AVC) video is in use for MBMS, an H.264 video encoder may produce NAL units of any length to fully exploit compression efficiency.

· When H.264 (AVC) video is in use for MBMS, the packetizer should use fragmentation to adapt the RTP packet size to the actual transmission conditions and the FEC in use.  
7 Appendix: Example

7.1 Transmission without fragmentation
In the following we will discuss the example as presented in TS 26.346 V1.5.0, section 8.2.1.5. Assume that the RTP packets are H.264/AVC NAL Units. In this case, three NAL units are available with
· The first NAL unit having 14 bytes,
· The second NAL unit having 40 bytes,
· The third NAL Unit having 91 bytes.
	B1,1
	B1,2
	B1,3
	B1,4
	B1,5
	B1,6
	B1,7
	B1,8
	B1,9
	B1,10

	B1,11
	B1,12
	B1,13
	B1,14


	B2,1
	B2,2
	B2,3
	B2,4
	B2,5
	B2,6
	B2,7
	B2,8
	B2,9
	B2,10

	B2,11
	B2,12
	B2,13
	B2,14
	B2,15
	B2,16
	B2,17
	B2,18
	B2,19
	B2,20

	B2,21
	B2,22
	B2,23
	B2,24
	B2,25
	B2,26
	B2,27
	B2,28
	B2,29
	B2,30

	B2,31
	B2,32
	B2,33
	B2,34
	B2,35
	B2,36
	B2,37
	B2,38
	B2,39
	B2,40


	B3,1
	B3,2
	B3,3
	B3,4
	B3,5
	B3,6
	B3,7
	B3,8
	B3,9
	B3,10

	B3,11
	B3,12
	B3,13
	B3,14
	B3,15
	B3,16
	B3,17
	B3,18
	B3,19
	B3,20

	B3,21
	B3,22
	B3,23
	B3,24
	B3,25
	B3,26
	B3,27
	B3,28
	B3,29
	B3,30

	B3,31
	B3,32
	B3,33
	B3,34
	B3,35
	B3,36
	B3,37
	B3,38
	B3,39
	B3,40

	B3,41
	B3,42
	B3,43
	B3,44
	B3,45
	B3,46
	B3,47
	B3,48
	B3,49
	B3,50

	B3,51
	B3,52
	B3,53
	B3,54
	B3,55
	B3,56
	B3,57
	B3,58
	B3,59
	B3,60

	B3,61
	B3,62
	B3,63
	B3,64
	B3,65
	B3,66
	B3,67
	B3,68
	B3,69
	B3,70

	B3,71
	B3,72
	B3,73
	B3,74
	B3,75
	B3,76
	B3,77
	B3,78
	B3,79
	B3,80

	B3,81
	B3,82
	B3,83
	B3,84
	B3,85
	B3,86
	B3,87
	B3,88
	B3,89
	B3,90

	B3,91


With RFC3984 simple packetization mode, the resulting RTP packets have the following size: 

· The first RTP packet has 26 bytes,

· The second RTP packet has 52 bytes,
· The third RTP packet has 103 bytes.

Now assume symbol size T=16. The resulting source block is shown in the following:
	
	1
	2
	3
	4
	5
	6
	7
	8
	9
	10
	11
	12
	13
	14
	15
	16

	0
	26
	H1,1
	H1,2
	H1,3
	H1,4
	H1,5
	H1,6
	H1,7
	H1,8
	H1,9
	H1,10
	H1,11
	H1,12
	B1,1
	B1,2

	1
	B1,3
	B1,4
	B1,5
	B1,6
	B1,7
	B1,8
	B1,9
	B1,10
	B1,11
	B1,12
	B1,13
	B1,14
	0
	0
	0
	0

	2
	52
	H2,1
	H2,2
	H2,3
	H2,4
	H2,5
	H2,6
	H2,7
	H2,8
	H2,9
	H2,10
	H2,11
	H2,12
	B2,1
	B2,2

	3
	B2,3
	B2,4
	B2,5
	B2,6
	B2,7
	B2,8
	B2,9
	B2,10
	B2,11
	B2,12
	B2,13
	B2,14
	B2,15
	B2,16
	B2,17
	B2,18

	4
	B2,19
	B2,20
	B2,21
	B2,22
	B2,23
	B2,24
	B2,25
	B2,26
	B2,27
	B2,28
	B2,29
	B2,30
	B2,31
	B2,32
	B2,33
	B2,34

	5
	B2,35
	B2,36
	B2,37
	B2,38
	B2,39
	B2,40
	0
	0
	0
	0
	0
	0
	0
	0
	0
	0

	6
	103
	H3,1
	H3,2
	H3,3
	H3,4
	H3,5
	H3,6
	H3,7
	H3,8
	H3,9
	H3,10
	H3,11
	H3,12
	B3,1
	B3,2

	7
	B3,3
	B3,4
	B3,5
	B3,6
	B3,7
	B3,8
	B3,9
	B3,10
	B3,11
	B3,12
	B3,13
	B3,14
	B3,15
	B3,16
	B3,17
	B3,3

	8
	B3,19
	B3,20
	B3,21
	B3,22
	B3,23
	B3,24
	B3,25
	B3,26
	B3,27
	B3,28
	B3,29
	B3,30
	B3,31
	B3,32
	B3,33
	B3,19

	9
	B3,35
	B3,36
	B3,37
	B3,38
	B3,39
	B3,40
	B3,41
	B3,42
	B3,43
	B3,44
	B3,45
	B3,46
	B3,47
	B3,48
	B3,49
	B3,35

	10
	B3,51
	B3,52
	B3,53
	B3,54
	B3,55
	B3,56
	B3,57
	B3,58
	B3,59
	B3,60
	B3,61
	B3,62
	B3,63
	B3,64
	B3,65
	B3,66

	11
	B3,67
	B3,68
	B3,69
	B3,70
	B3,71
	B3,72
	B3,73
	B3,74
	B3,75
	B3,76
	B3,77
	B3,78
	B3,79
	B3,80
	B3,81
	B3,82

	12
	B3,83
	B3,84
	B3,85
	B3,86
	B3,87
	B3,88
	B3,89
	B3,90
	B3,91
	0
	0
	0
	0
	0
	0
	0

	13
	P1,1
	P1,2
	P1,3
	P1,4
	P1,5
	P1,6
	P1,7
	P1,8
	P1,9
	P1,10
	P1,11
	P1,12
	P1,13
	P1,14
	P1,15
	P1,16

	14
	P2,1
	P2,2
	P2,3
	P2,4
	P2,5
	P2,6
	P2,7
	P2,8
	P2,9
	P2,10
	P2,11
	P2,12
	P2,13
	P2,14
	P2,15
	P2,16

	15
	P3,1
	P3,2
	P3,3
	P3,4
	P3,5
	P3,6
	P3,7
	P3,8
	P3,9
	P3,10
	P3,11
	P3,12
	P3,13
	P3,14
	P3,15
	P3,16

	16
	P4,1
	P4,2
	P4,3
	P4,4
	P4,5
	P4,6
	P4,7
	P4,8
	P4,9
	P4,10
	P4,11
	P4,12
	P4,13
	P4,14
	P4,15
	P4,16

	17
	P5,1
	P5,2
	P5,3
	P5,4
	P5,5
	P5,6
	P5,7
	P5,8
	P5,9
	P5,10
	P5,11
	P5,12
	P5,13
	P5,14
	P5,15
	P5,16

	18
	P6,1
	P6,2
	P6,3
	P6,4
	P6,5
	P6,6
	P6,7
	P6,8
	P6,9
	P6,10
	P6,11
	P6,12
	P6,13
	P6,14
	P6,15
	P6,16

	19
	P7,1
	P7,2
	P7,3
	P7,4
	P7,5
	P7,6
	P7,7
	P7,8
	P7,9
	P7,10
	P7,11
	P7,12
	P7,13
	P7,14
	P7,15
	P7,16

	20
	P8,1
	P8,2
	P8,3
	P8,4
	P8,5
	P8,6
	P8,7
	P8,8
	P8,9
	P8,10
	P8,11
	P8,12
	P8,13
	P8,14
	P8,15
	P8,16


Also shown in the source block are parity symbols. We assume that from the k=13 source symbols we obtain n-k=21 parity symbols. We assume that an ideal code is used.
With this, we obtain the following three source RTP packets:
	H1,1
	H1,2
	H1,3
	H1,4
	H1,5
	H1,6
	H1,7
	H1,8
	H1,9
	H1,10

	H1,11
	H1,12
	SBN
	ESI=0
	B1,1
	B1,2
	B1,3
	B1,4
	B1,5

	B1,6
	B1,7
	B1,8
	B1,9
	B1,10
	B1,11
	B1,12
	B1,13
	B1,14


	H2,1
	H2,2
	H2,3
	H2,4
	H2,5
	H2,6
	H2,7
	H2,8
	H2,9
	H2,10

	H2,11
	H2,12
	SBN
	ESI=2
	B2,1
	B2,2
	B2,3
	B2,4
	B2,5

	B2,6
	B2,7
	B2,8
	B2,9
	B2,10
	B2,11
	B2,12
	B2,13
	B2,14
	B2,15

	B2,16
	B2,17
	B2,18
	B2,19
	B2,20
	B2,21
	B2,22
	B2,23
	B2,24
	B2,25

	B2,26
	B2,27
	B2,28
	B2,29
	B2,30
	B2,31
	B2,32
	B2,33
	B2,34
	B2,35

	B2,36
	B2,37
	B2,38
	B2,39
	B2,40


	H3,1
	H3,2
	H3,3
	H3,4
	H3,5
	H3,6
	H3,7
	H3,8
	H3,9
	H3,10

	H3,11
	H3,12
	SBN
	ESI=6
	B3,1
	B3,2
	B3,3
	B3,4
	B3,5

	B3,6
	B3,7
	B3,8
	B3,9
	B3,10
	B3,11
	B3,12
	B3,13
	B3,14
	B3,15

	B3,16
	B3,17
	B3,18
	B3,19
	B3,20
	B3,21
	B3,22
	B3,23
	B3,24
	B3,25

	B3,26
	B3,27
	B3,28
	B3,29
	B3,30
	B3,31
	B3,32
	B3,33
	B3,34
	B3,35

	B3,36
	B3,37
	B3,38
	B3,39
	B3,40
	B3,41
	B3,42
	B3,43
	B3,44
	B3,45

	B3,46
	B3,47
	B3,48
	B3,49
	B3,50
	B3,51
	B3,52
	B3,53
	B3,54
	B3,55

	B3,56
	B3,57
	B3,58
	B3,59
	B3,60
	B3,61
	B3,62
	B3,63
	B3,64
	B3,65

	B3,66
	B3,67
	B3,68
	B3,69
	B3,70
	B3,71
	B3,72
	B3,73
	B3,74
	B3,75

	B3,76
	B3,77
	B3,78
	B3,79
	B3,80
	B3,81
	B3,82
	B3,83
	B3,84
	B3,85

	B3,86
	B3,87
	B3,88
	B3,89
	B3,90
	B3,91


Assume now that four parity symbols are transported in one parity packet such that we obtain two parity RTP packets:
	H4,1
	H4,2
	H4,3
	H4,4
	H4,5
	H4,6
	H4,7
	H4,8
	H4,9
	H4,10

	H4,11
	H4,12
	SBN
	ESI=13
	SBL=13
	P1,1
	P1,2
	P1,3

	P1,4
	P1,5
	P1,6
	P1,7
	P1,8
	P1,9
	P1,10
	P1,11
	P1,12
	P1,13

	P1,14
	P1,15
	P1,16
	P2,1
	P2,2
	P2,3
	P2,4
	P2,5
	P2,6
	P2,7

	P2,8
	P2,9
	P2,10
	P2,11
	P2,12
	P2,13
	P2,14
	P2,15
	P2,16
	P3,1

	P3,2
	P3,3
	P3,4
	P3,5
	P3,6
	P3,7
	P3,8
	P3,9
	P3,10
	P3,11

	P3,12
	P3,13
	P3,14
	P3,15
	P3,16
	P4,1
	P4,2
	P4,3
	P4,4
	P4,5

	P4,6
	P4,7
	P4,8
	P4,9
	P4,10
	P4,11
	P4,12
	P4,13
	P4,14
	P4,15

	P4,16


	H5,1
	H5,2
	H5,3
	H5,4
	H5,5
	H5,6
	H5,7
	H5,8
	H5,9
	H5,10

	H5,11
	H5,12
	SBN
	ESI=17
	SBL=13
	P5,1
	P5,2
	P5,3

	P5,4
	P5,5
	P5,6
	P5,7
	P5,8
	P5,9
	P5,10
	P5,11
	P5,12
	P5,13

	P5,14
	P5,15
	P5,16
	P6,1
	P6,2
	P6,3
	P6,4
	P6,5
	P6,6
	P6,7

	P6,8
	P6,9
	P6,10
	P6,11
	P6,12
	P6,13
	P6,14
	P6,15
	P6,16
	P7,1

	P7,2
	P7,3
	P7,4
	P7,5
	P7,6
	P7,7
	P7,8
	P7,9
	P7,10
	P7,11

	P7,12
	P7,13
	P7,14
	P7,15
	P7,16
	P8,1
	P8,2
	P8,3
	P8,4
	P8,5

	P8,6
	P8,7
	P8,8
	P8,9
	P8,10
	P8,11
	P8,12
	P8,13
	P8,14
	P8,15

	P8,16


Assume now that all RTP packets of this group are now transmitted over radio blocks of size 30 bytes. For ease of exposition we do not consider the additional UDP/IP/PDCP overhead. Then we obtain the following sequence of bytes and the appropriate ordering in the 12 radio blocks. Let us also assume for this case that only radio block 7 is lost:
	1
	H1,1
	H1,2
	H1,3
	H1,4
	H1,5
	H1,6
	H1,7
	H1,8
	H1,9
	H1,10

	
	H1,11
	H1,12
	SBN
	ESI=0
	B1,1
	B1,2
	B1,3
	B1,4
	B1,5

	
	B1,6
	B1,7
	B1,8
	B1,9
	B1,10
	B1,11
	B1,12
	B1,13
	B1,14
	H2,1

	2
	H2,2
	H2,3
	H2,4
	H2,5
	H2,6
	H2,7
	H2,8
	H2,9
	H2,10
	H2,11

	
	H2,12
	SBN
	ESI=2
	B2,1
	B2,2
	B2,3
	B2,4
	B2,5
	B2,5

	
	B2,7
	B2,8
	B2,9
	B2,10
	B2,11
	B2,12
	B2,13
	B2,14
	B2,15
	B2,16

	3
	B2,17
	B2,18
	B2,19
	B2,20
	B2,21
	B2,22
	B2,23
	B2,24
	B2,25
	B2,26

	
	B2,27
	B2,28
	B2,29
	B2,30
	B2,31
	B2,32
	B2,33
	B2,34
	B2,35
	B2,36

	
	B2,37
	B2,38
	B2,39
	B2,40
	H3,1
	H3,2
	H3,3
	H3,4
	H3,5
	H3,6

	4
	H3,7
	H3,8
	H3,9
	H3,10
	H3,11
	H3,12
	SBN
	ESI=6
	B3,1

	
	B3,2
	B3,3
	B3,4
	B3,5
	B3,6
	B3,7
	B3,8
	B3,9
	B3,10
	B3,11

	
	B3,12
	B3,13
	B3,14
	B3,15
	B3,16
	B3,17
	B3,18
	B3,19
	B3,20
	B3,21

	5
	B3,22
	B3,23
	B3,24
	B3,25
	B3,26
	B3,27
	B3,28
	B3,29
	B3,30
	B3,31

	
	B3,32
	B3,33
	B3,34
	B3,35
	B3,36
	B3,37
	B3,38
	B3,39
	B3,40
	B3,41

	
	B3,42
	B3,43
	B3,44
	B3,45
	B3,46
	B3,47
	B3,48
	B3,49
	B3,50
	B3,51

	6
	B3,52
	B3,53
	B3,54
	B3,55
	B3,56
	B3,57
	B3,58
	B3,59
	B3,60
	B3,61

	
	B3,62
	B3,63
	B3,64
	B3,65
	B3,66
	B3,67
	B3,68
	B3,69
	B3,70
	B3,71

	
	B3,72
	B3,73
	B3,74
	B3,75
	B3,76
	B3,77
	B3,78
	B3,79
	B3,80
	B3,81

	7
	B3,82
	B3,83
	B3,84
	B3,85
	B3,86
	B3,87
	B3,88
	B3,89
	B3,90
	B3,91

	
	H4,1
	H4,2
	H4,3
	H4,4
	H4,5
	H4,6
	H4,7
	H4,8
	H4,9
	H4,10

	
	H4,11
	H4,12
	SBN
	ESI=13
	SBL=13
	P1,1
	P1,2
	P1,3

	8
	P1,4
	P1,5
	P1,6
	P1,7
	P1,8
	P1,9
	P1,10
	P1,11
	P1,12
	P1,13

	
	P1,14
	P1,15
	P1,16
	P2,1
	P2,2
	P2,3
	P2,4
	P2,5
	P2,6
	P2,7

	
	P2,8
	P2,9
	P2,10
	P2,11
	P2,12
	P2,13
	P2,14
	P2,15
	P2,16
	P3,1

	9
	P3,2
	P3,3
	P3,4
	P3,5
	P3,6
	P3,7
	P3,8
	P3,9
	P3,10
	P3,11

	
	P3,12
	P3,13
	P3,14
	P3,15
	P3,16
	P4,1
	P4,2
	P4,3
	P4,4
	P4,5

	
	P4,6
	P4,7
	P4,8
	P4,9
	P4,10
	P4,11
	P4,12
	P4,13
	P4,14
	P4,15

	10
	P4,16
	H5,1
	H5,2
	H5,3
	H5,4
	H5,5
	H5,6
	H5,7
	H5,8
	H5,9

	
	H5,10
	H5,11
	H5,12
	SBN
	ESI=17
	SBL=13
	P5,1
	P5,2

	
	P5,3
	P5,4
	P5,5
	P5,6
	P5,7
	P5,8
	P5,9
	P5,10
	P5,11
	P5,12

	11
	P5,13
	P5,14
	P5,15
	P5,16
	P6,1
	P6,2
	P6,3
	P6,4
	P6,5
	P6,6

	
	P6,7
	P6,8
	P6,9
	P6,10
	P6,11
	P6,12
	P6,13
	P6,14
	P6,15
	P6,16

	
	P7,1
	P7,2
	P7,3
	P7,4
	P7,5
	P7,6
	P7,7
	P7,8
	P7,9
	P7,10

	12
	P7,11
	P7,12
	P7,13
	P7,14
	P7,15
	P7,16
	P8,1
	P8,2
	P8,3
	P8,4

	
	P8,5
	P8,6
	P8,7
	P8,8
	P8,9
	P8,10
	P8,11
	P8,12
	P8,13
	P8,14

	
	P8,15
	P8,16
	
	
	
	
	
	
	
	


Due to the loss of radio block 7 two RTP packets are dropped, namely source packet 3 and the first parity packet being RTP packet 4. Therefore, in the decoding we have the following structure:

	
	1
	2
	3
	4
	5
	6
	7
	8
	9
	10
	11
	12
	13
	14
	15
	16

	0
	26
	H1,1
	H1,2
	H1,3
	H1,4
	H1,5
	H1,6
	H1,7
	H1,8
	H1,9
	H1,10
	H1,11
	H1,12
	B1,1
	B1,2

	1
	B1,3
	B1,4
	B1,5
	B1,6
	B1,7
	B1,8
	B1,9
	B1,10
	B1,11
	B1,12
	B1,13
	B1,14
	0
	0
	0
	0

	2
	52
	H2,1
	H2,2
	H2,3
	H2,4
	H2,5
	H2,6
	H2,7
	H2,8
	H2,9
	H2,10
	H2,11
	H2,12
	B2,1
	B2,2

	3
	B2,3
	B2,4
	B2,5
	B2,6
	B2,7
	B2,8
	B2,9
	B2,10
	B2,11
	B2,12
	B2,13
	B2,14
	B2,15
	B2,16
	B2,17
	B2,18

	4
	B2,19
	B2,20
	B2,21
	B2,22
	B2,23
	B2,24
	B2,25
	B2,26
	B2,27
	B2,28
	B2,29
	B2,30
	B2,31
	B2,32
	B2,33
	B2,34

	5
	B2,35
	B2,36
	B2,37
	B2,38
	B2,39
	B2,40
	0
	0
	0
	0
	0
	0
	0
	0
	0
	0

	6
	103
	H3,1
	H3,2
	H3,3
	H3,4
	H3,5
	H3,6
	H3,7
	H3,8
	H3,9
	H3,10
	H3,11
	H3,12
	B3,1
	B3,2

	7
	B3,3
	B3,4
	B3,5
	B3,6
	B3,7
	B3,8
	B3,9
	B3,10
	B3,11
	B3,12
	B3,13
	B3,14
	B3,15
	B3,16
	B3,17
	B3,18

	8
	B3,19
	B3,20
	B3,21
	B3,22
	B3,23
	B3,24
	B3,25
	B3,26
	B3,27
	B3,28
	B3,29
	B3,30
	B3,31
	B3,32
	B3,33
	B3,34

	9
	B3,35
	B3,36
	B3,37
	B3,38
	B3,39
	B3,40
	B3,41
	B3,42
	B3,43
	B3,44
	B3,45
	B3,46
	B3,47
	B3,48
	B3,49
	B3,50

	10
	B3,51
	B3,52
	B3,53
	B3,54
	B3,55
	B3,56
	B3,57
	B3,58
	B3,59
	B3,60
	B3,61
	B3,62
	B3,63
	B3,64
	B3,65
	B3,66

	11
	B3,67
	B3,68
	B3,69
	B3,70
	B3,71
	B3,72
	B3,73
	B3,74
	B3,75
	B3,76
	B3,77
	B3,78
	B3,79
	B3,80
	B3,81
	B3,82

	12
	B3,83
	B3,84
	B3,85
	B3,86
	B3,87
	B3,88
	B3,89
	B3,90
	B3,91
	0
	0
	0
	0
	0
	0
	0

	13
	P1,1
	P1,2
	P1,3
	P1,4
	P1,5
	P1,6
	P1,7
	P1,8
	P1,9
	P1,10
	P1,11
	P1,12
	P1,13
	P1,14
	P1,15
	P1,16

	14
	P2,1
	P2,2
	P2,3
	P2,4
	P2,5
	P2,6
	P2,7
	P2,8
	P2,9
	P2,10
	P2,11
	P2,12
	P2,13
	P2,14
	P2,15
	P2,16

	15
	P3,1
	P3,2
	P3,3
	P3,4
	P3,5
	P3,6
	P3,7
	P3,8
	P3,9
	P3,10
	P3,11
	P3,12
	P3,13
	P3,14
	P3,15
	P3,16

	16
	P4,1
	P4,2
	P4,3
	P4,4
	P4,5
	P4,6
	P4,7
	P4,8
	P4,9
	P4,10
	P4,11
	P4,12
	P4,13
	P4,14
	P4,15
	P4,16

	17
	P5,1
	P5,2
	P5,3
	P5,4
	P5,5
	P5,6
	P5,7
	P5,8
	P5,9
	P5,10
	P5,11
	P5,12
	P5,13
	P5,14
	P5,15
	P5,16

	18
	P6,1
	P6,2
	P6,3
	P6,4
	P6,5
	P6,6
	P6,7
	P6,8
	P6,9
	P6,10
	P6,11
	P6,12
	P6,13
	P6,14
	P6,15
	P6,16

	19
	P7,1
	P7,2
	P7,3
	P7,4
	P7,5
	P7,6
	P7,7
	P7,8
	P7,9
	P7,10
	P7,11
	P7,12
	P7,13
	P7,14
	P7,15
	P7,16

	20
	P8,1
	P8,2
	P8,3
	P8,4
	P8,5
	P8,6
	P8,7
	P8,8
	P8,9
	P8,10
	P8,11
	P8,12
	P8,13
	P8,14
	P8,15
	P8,16


It is immediately observed that with this transmission strategy the source block cannot be recovered and the third RTP packet is lost.

7.2 Transmission with fragmentation

In the following we will transmit the same NAL units with fragmentation. We apply the restriction that none of the RTP packets should exceed four rows in the source block meaning that the maximum RTP packet size is 62. As seen in the example without fragmentation, the first two NAL units and the corresponding RTP packets fulfill this property. This is not the case for the third NAL unit. Therefore, the third NAL unit is divided into two fragments. According to RFC3984 the fragmentation requires an additional header byte per fragment as signaling of the fragmented NAL unit is necessary for the first NAL unit. Für the second as well as all further NAL units 2 bytes of overhead are necessary. After the fragmentation we now have the following application packets.
· The first NAL unit has 14 bytes

· The second NAL unit has 40 bytes

· The first fragment of the third NAL unit has 50 bytes

· The second fragment of the third NAL unit has 44 bytes

	B1,1
	B1,2
	B1,3
	B1,4
	B1,5
	B1,6
	B1,7
	B1,8
	B1,9
	B1,10

	B1,11
	B1,12
	B1,13
	B1,14


	B2,1
	B2,2
	B2,3
	B2,4
	B2,5
	B2,6
	B2,7
	B2,8
	B2,9
	B2,10

	B2,11
	B2,12
	B2,13
	B2,14
	B2,15
	B2,16
	B2,17
	B2,18
	B2,19
	B2,20

	B2,21
	B2,22
	B2,23
	B2,24
	B2,25
	B2,26
	B2,27
	B2,28
	B2,29
	B2,30

	B2,31
	B2,32
	B2,33
	B2,34
	B2,35
	B2,36
	B2,37
	B2,38
	B2,39
	B2,40


	F1,1
	B3,1
	B3,2
	B3,3
	B3,4
	B3,5
	B3,6
	B3,7
	B3,8
	B3,9

	B3,10
	B3,11
	B3,12
	B3,13
	B3,14
	B3,15
	B3,16
	B3,17
	B3,18
	B3,19

	B3,20
	B3,21
	B3,22
	B3,23
	B3,24
	B3,25
	B3,26
	B3,27
	B3,28
	B3,29

	B3,30
	B3,31
	B3,32
	B3,33
	B3,34
	B3,35
	B3,36
	B3,37
	B3,38
	B3,39

	B3,40
	B3,41
	B3,42
	B3,43
	B3,44
	B3,45
	B3,46
	B3,47
	B3,48
	B3,49


	F2,1
	F2,2
	B3,50
	B3,51
	B3,52
	B3,53
	B3,54
	B3,55
	B3,56
	B3,57

	B3,58
	B3,59
	B3,60
	B3,61
	B3,62
	B3,63
	B3,64
	B3,65
	B3,66
	B3,67

	B3,68
	B3,69
	B3,70
	B3,71
	B3,72
	B3,73
	B3,74
	B3,75
	B3,76
	B3,77

	B3,78
	B3,79
	B3,80
	B3,81
	B3,82
	B3,83
	B3,84
	B3,85
	B3,86
	B3,87

	B3,88
	B3,89
	B3,90
	B3,91


This results in the following RTP packets.
· The first RTP packet has 26 bytes,

· The second RTP packet has 52 bytes.

· The third RTP packet has 62 bytes.

· The fourth RTP packet has 56 bytes.

For this case the source block is now shown in the following:
	
	1
	2
	3
	4
	5
	6
	7
	8
	9
	10
	11
	12
	13
	14
	15
	16

	0
	26
	H1,1
	H1,2
	H1,3
	H1,4
	H1,5
	H1,6
	H1,7
	H1,8
	H1,9
	H1,10
	H1,11
	H1,12
	B1,1
	B1,2

	1
	B1,3
	B1,4
	B1,5
	B1,6
	B1,7
	B1,8
	B1,9
	B1,10
	B1,11
	B1,12
	B1,13
	B1,14
	0
	0
	0
	0

	2
	52
	H2,1
	H2,2
	H2,3
	H2,4
	H2,5
	H2,6
	H2,7
	H2,8
	H2,9
	H2,10
	H2,11
	H2,12
	B2,1
	B2,2

	3
	B2,3
	B2,4
	B2,5
	B2,6
	B2,7
	B2,8
	B2,9
	B2,10
	B2,11
	B2,12
	B2,13
	B2,14
	B2,15
	B2,16
	B2,17
	B2,18

	4
	B2,19
	B2,20
	B2,21
	B2,22
	B2,23
	B2,24
	B2,25
	B2,26
	B2,27
	B2,28
	B2,29
	B2,30
	B2,31
	B2,32
	B2,33
	B2,34

	5
	B2,35
	B2,36
	B2,37
	B2,38
	B2,39
	B2,40
	0
	0
	0
	0
	0
	0
	0
	0
	0
	0

	6
	62
	H3,1
	H3,2
	H3,3
	H3,4
	H3,5
	H3,6
	H3,7
	H3,8
	H3,9
	H3,10
	H3,11
	H3,12
	F1,1
	B3,1

	7
	B3,2
	B3,3
	B3,4
	B3,5
	B3,6
	B3,7
	B3,8
	B3,9
	B3,10
	B3,11
	B3,12
	B3,13
	B3,14
	B3,15
	B3,16
	B3,17

	8
	B3,18
	B3,19
	B3,20
	B3,21
	B3,22
	B3,23
	B3,24
	B3,25
	B3,26
	B3,27
	B3,28
	B3,29
	B3,30
	B3,31
	B3,32
	B3,33

	9
	B3,34
	B3,35
	B3,36
	B3,37
	B3,38
	B3,39
	B3,40
	B3,41
	B3,42
	B3,43
	B3,44
	B3,45
	B3,46
	B3,47
	B3,48
	B3,49

	10
	56
	H4,1
	H4,2
	H4,3
	H4,4
	H4,5
	H4,6
	H4,7
	H4,8
	H4,9
	H4,10
	H4,11
	H4,12
	F2,1
	F2,2

	11
	B3,50
	B3,51
	B3,52
	B3,53
	B3,54
	B3,55
	B3,56
	B3,57
	B3,58
	B3,59
	B3,60
	B3,61
	B3,62
	B3,63
	B3,64
	B3,65

	12
	B3,66
	B3,67
	B3,68
	B3,69
	B3,70
	B3,71
	B3,72
	B3,73
	B3,74
	B3,75
	B3,76
	B3,77
	B3,78
	B3,79
	B3,80
	B3,81

	13
	B3,82
	B3,83
	B3,84
	B3,85
	B3,86
	B3,87
	B3,88
	B3,89
	B3,90
	B3,91
	0
	0
	0
	0
	0
	0

	14
	P1,1
	P1,2
	P1,3
	P1,4
	P1,5
	P1,6
	P1,7
	P1,8
	P1,9
	P1,10
	P1,11
	P1,12
	P1,13
	P1,14
	P1,15
	P1,16

	15
	P2,1
	P2,2
	P2,3
	P2,4
	P2,5
	P2,6
	P2,7
	P2,8
	P2,9
	P2,10
	P2,11
	P2,12
	P2,13
	P2,14
	P2,15
	P2,16

	16
	P3,1
	P3,2
	P3,3
	P3,4
	P3,5
	P3,6
	P3,7
	P3,8
	P3,9
	P3,10
	P3,11
	P3,12
	P3,13
	P3,14
	P3,15
	P3,16

	17
	P4,1
	P4,2
	P4,3
	P4,4
	P4,5
	P4,6
	P4,7
	P4,8
	P4,9
	P4,10
	P4,11
	P4,12
	P4,13
	P4,14
	P4,15
	P4,16

	18
	P5,1
	P5,2
	P5,3
	P5,4
	P5,5
	P5,6
	P5,7
	P5,8
	P5,9
	P5,10
	P5,11
	P5,12
	P5,13
	P5,14
	P5,15
	P5,16

	19
	P6,1
	P6,2
	P6,3
	P6,4
	P6,5
	P6,6
	P6,7
	P6,8
	P6,9
	P6,10
	P6,11
	P6,12
	P6,13
	P6,14
	P6,15
	P6,16

	20
	P7,1
	P7,2
	P7,3
	P7,4
	P7,5
	P7,6
	P7,7
	P7,8
	P7,9
	P7,10
	P7,11
	P7,12
	P7,13
	P7,14
	P7,15
	P7,16

	21
	P8,1
	P8,2
	P8,3
	P8,4
	P8,5
	P8,6
	P8,7
	P8,8
	P8,9
	P8,10
	P8,11
	P8,12
	P8,13
	P8,14
	P8,15
	P8,16


Note that in this case the source block length k is increased by one from 13 to 14. With the same number of parity symbols this results now in n=22. The encapsulation of parity packets is not further discussed.
The resulting RTP packets are now again transmitted over a radio system with RLC-PDU size 30 bytes. Note that now a slight overhead is introduced, a 13th RLC-PDU is used by this source block. Again assume that radio block 7 is lost.
	1
	H1,1
	H1,2
	H1,3
	H1,4
	H1,5
	H1,6
	H1,7
	H1,8
	H1,9
	H1,10

	
	H1,11
	H1,12
	SBN
	ESI=0
	B1,1
	B1,2
	B1,3
	B1,4
	B1,5

	
	B1,6
	B1,7
	B1,8
	B1,9
	B1,10
	B1,11
	B1,12
	B1,13
	B1,14
	H2,1

	2
	H2,2
	H2,3
	H2,4
	H2,5
	H2,6
	H2,7
	H2,8
	H2,9
	H2,10
	H2,11

	
	H2,12
	SBN
	ESI=2
	B2,1
	B2,2
	B2,3
	B2,4
	B2,5
	B2,5

	
	B2,7
	B2,8
	B2,9
	B2,10
	B2,11
	B2,12
	B2,13
	B2,14
	B2,15
	B2,16

	3
	B2,17
	B2,18
	B2,19
	B2,20
	B2,21
	B2,22
	B2,23
	B2,24
	B2,25
	B2,26

	
	B2,27
	B2,28
	B2,29
	B2,30
	B2,31
	B2,32
	B2,33
	B2,34
	B2,35
	B2,36

	
	B2,37
	B2,38
	B2,39
	B2,40
	H3,1
	H3,2
	H3,3
	H3,4
	H3,5
	H3,6

	4
	H3,7
	H3,8
	H3,9
	H3,10
	H3,11
	H3,12
	SBN
	ESI=6
	F1,1

	
	B3,1
	B3,2
	B3,3
	B3,4
	B3,5
	B3,6
	B3,7
	B3,8
	B3,9
	B3,10

	
	B3,11
	B3,12
	B3,13
	B3,14
	B3,15
	B3,16
	B3,17
	B3,18
	B3,19
	B3,20

	5
	B3,21
	B3,22
	B3,23
	B3,24
	B3,25
	B3,26
	B3,27
	B3,28
	B3,29
	B3,30

	
	B3,31
	B3,32
	B3,33
	B3,34
	B3,35
	B3,36
	B3,37
	B3,38
	B3,39
	B3,40

	
	B3,41
	B3,42
	B3,43
	B3,44
	B3,45
	B3,46
	B3,47
	B3,48
	B3,49
	H4,1

	6
	H4,2
	H4,3
	H4,4
	H4,5
	H4,6
	H4,7
	H4,8
	H4,9
	H4,10
	H4,11

	
	H4,12
	SBN
	ESI=10
	F2,1
	F2,2
	B3,50
	B3,51
	B3,52
	B3,53

	
	B3,54
	B3,55
	B3,56
	B3,57
	B3,58
	B3,59
	B3,60
	B3,61
	B3,62
	B3,63

	7
	B3,64
	B3,65
	B3,66
	B3,67
	B3,68
	B3,69
	B3,70
	B3,71
	B3,72
	B3,73

	
	B3,74
	B3,75
	B3,76
	B3,77
	B3,78
	B3,79
	B3,80
	B3,81
	B3,82
	B3,83

	
	B3,84
	B3,85
	B3,86
	B3,87
	B3,88
	B3,89
	B3,90
	B3,91
	H5,1
	H5,2

	8
	H5,3
	H5,4
	H5,5
	H5,6
	H5,7
	H5,8
	H5,9
	H5,10
	H5,11
	H5,12

	
	SBN
	ESI=14
	SBL=14
	P1,1
	P1,2
	P1,3
	P1,4
	P1,5

	
	P1,6
	P1,7
	P1,8
	P1,9
	P1,10
	P1,11
	P1,12
	P1,13
	P1,14
	P1,15

	9
	P1,16
	P2,1
	P2,2
	P2,3
	P2,4
	P2,5
	P2,6
	P2,7
	P2,8
	P2,9

	
	P2,10
	P2,11
	P2,12
	P2,13
	P2,14
	P2,15
	P2,16
	P3,1
	P3,2
	P3,3

	
	P3,4
	P3,5
	P3,6
	P3,7
	P3,8
	P3,9
	P3,10
	P3,11
	P3,12
	P3,13

	10
	P3,14
	P3,15
	P3,16
	P4,1
	P4,2
	P4,3
	P4,6
	P4,7
	P4,8
	P4,9

	
	P4,10
	P4,11
	P4,12
	P4,13
	P4,14
	P4,15
	P4,16
	H6,1
	H6,2
	H6,3

	
	H6,4
	H6,5
	H6,6
	H6,7
	H6,8
	H6,9
	H6,10
	H6,11
	H6,12
	SBN

	11
	ESI=18
	SBL=13
	P5,1
	P5,2
	P5,3
	P5,4
	P5,5
	P5,6

	
	P5,7
	P5,8
	P5,9
	P5,10
	P5,11
	P5,12
	P5,13
	P5,14
	P5,15
	P5,16

	
	P6,1
	P6,2
	P6,3
	P6,4
	P6,5
	P6,6
	P6,7
	P6,8
	P6,9
	P6,10

	12
	P6,11
	P6,12
	P6,13
	P6,14
	P6,15
	P6,16
	P7,1
	P7,2
	P7,3
	P7,4

	
	P7,5
	P7,6
	P7,7
	P7,8
	P7,9
	P7,10
	P7,11
	P7,12
	P7,13
	P7,14

	
	P7,15
	P7,16
	P8,1
	P8,2
	P8,3
	P8,4
	P8,5
	P8,6
	P8,7
	P8,8

	13
	P8,9
	P8,10
	P8,11
	P8,12
	P8,13
	P8,14
	P8,15
	P8,16
	
	

	
	
	
	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	
	
	
	


At the receiver side, the loss of radio block 5 results in the loss of RTP packet 4 and 5. However, as RTP packets at most span 4 source block rows, only 8 rows in the source block are erased. In this case the reconstruction is possible with the eight parity symbols. It is worth to mention that any single radio block could have been lost in this source block and recovery would still be possible. The important issue is the flexibility of the fragmentation and the benefits for the overall system if FEC is used.
	
	1
	2
	3
	4
	5
	6
	7
	8
	9
	10
	11
	12
	13
	14
	15
	16

	0
	26
	H1,1
	H1,2
	H1,3
	H1,4
	H1,5
	H1,6
	H1,7
	H1,8
	H1,9
	H1,10
	H1,11
	H1,12
	B1,1
	B1,2

	1
	B1,3
	B1,4
	B1,5
	B1,6
	B1,7
	B1,8
	B1,9
	B1,10
	B1,11
	B1,12
	B1,13
	B1,14
	0
	0
	0
	0

	2
	52
	H2,1
	H2,2
	H2,3
	H2,4
	H2,5
	H2,6
	H2,7
	H2,8
	H2,9
	H2,10
	H2,11
	H2,12
	B2,1
	B2,2

	3
	B2,3
	B2,4
	B2,5
	B2,6
	B2,7
	B2,8
	B2,9
	B2,10
	B2,11
	B2,12
	B2,13
	B2,14
	B2,15
	B2,16
	B2,17
	B2,18

	4
	B2,19
	B2,20
	B2,21
	B2,22
	B2,23
	B2,24
	B2,25
	B2,26
	B2,27
	B2,28
	B2,29
	B2,30
	B2,31
	B2,32
	B2,33
	B2,34

	5
	B2,35
	B2,36
	B2,37
	B2,38
	B2,39
	B2,40
	0
	0
	0
	0
	0
	0
	0
	0
	0
	0

	6
	62
	H3,1
	H3,2
	H3,3
	H3,4
	H3,5
	H3,6
	H3,7
	H3,8
	H3,9
	H3,10
	H3,11
	H3,12
	F1,1
	B3,1

	7
	B3,2
	B3,3
	B3,4
	B3,5
	B3,6
	B3,7
	B3,8
	B3,9
	B3,10
	B3,11
	B3,12
	B3,13
	B3,14
	B3,15
	B3,16
	B3,17

	8
	B3,18
	B3,19
	B3,20
	B3,21
	B3,22
	B3,23
	B3,24
	B3,25
	B3,26
	B3,27
	B3,28
	B3,29
	B3,30
	B3,31
	B3,32
	B3,33

	9
	B3,34
	B3,35
	B3,36
	B3,37
	B3,38
	B3,39
	B3,40
	B3,41
	B3,42
	B3,43
	B3,44
	B3,45
	B3,46
	B3,47
	B3,48
	B3,49

	10
	56
	H4,1
	H4,2
	H4,3
	H4,4
	H4,5
	H4,6
	H4,7
	H4,8
	H4,9
	H4,10
	H4,11
	H4,12
	F2,1
	F2,2

	11
	B3,50
	B3,51
	B3,52
	B3,53
	B3,54
	B3,55
	B3,56
	B3,57
	B3,58
	B3,59
	B3,60
	B3,61
	B3,62
	B3,63
	B3,64
	B3,65

	12
	B3,66
	B3,67
	B3,68
	B3,69
	B3,70
	B3,71
	B3,72
	B3,73
	B3,74
	B3,75
	B3,76
	B3,77
	B3,78
	B3,79
	B3,80
	B3,81

	13
	B3,82
	B3,83
	B3,84
	B3,85
	B3,86
	B3,87
	B3,88
	B3,89
	B3,90
	B3,91
	0
	0
	0
	0
	0
	0

	14
	P1,1
	P1,2
	P1,3
	P1,4
	P1,5
	P1,6
	P1,7
	P1,8
	P1,9
	P1,10
	P1,11
	P1,12
	P1,13
	P1,14
	P1,15
	P1,16

	15
	P2,1
	P2,2
	P2,3
	P2,4
	P2,5
	P2,6
	P2,7
	P2,8
	P2,9
	P2,10
	P2,11
	P2,12
	P2,13
	P2,14
	P2,15
	P2,16

	16
	P3,1
	P3,2
	P3,3
	P3,4
	P3,5
	P3,6
	P3,7
	P3,8
	P3,9
	P3,10
	P3,11
	P3,12
	P3,13
	P3,14
	P3,15
	P3,16

	17
	P4,1
	P4,2
	P4,3
	P4,4
	P4,5
	P4,6
	P4,7
	P4,8
	P4,9
	P4,10
	P4,11
	P4,12
	P4,13
	P4,14
	P4,15
	P4,16

	18
	P5,1
	P5,2
	P5,3
	P5,4
	P5,5
	P5,6
	P5,7
	P5,8
	P5,9
	P5,10
	P5,11
	P5,12
	P5,13
	P5,14
	P5,15
	P5,16

	19
	P6,1
	P6,2
	P6,3
	P6,4
	P6,5
	P6,6
	P6,7
	P6,8
	P6,9
	P6,10
	P6,11
	P6,12
	P6,13
	P6,14
	P6,15
	P6,16

	20
	P7,1
	P7,2
	P7,3
	P7,4
	P7,5
	P7,6
	P7,7
	P7,8
	P7,9
	P7,10
	P7,11
	P7,12
	P7,13
	P7,14
	P7,15
	P7,16

	21
	P8,1
	P8,2
	P8,3
	P8,4
	P8,5
	P8,6
	P8,7
	P8,8
	P8,9
	P7,10
	P7,11
	P7,12
	P7,13
	P7,14
	P7,15
	P7,16


� Contact Person: Thomas Stockhammer, Jürgen Pandel.





