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1 Introduction

In S4-050090, it has been proposed to use NAL unit fragmentation for the purpose of packet length adaptation. Some advantages of the use of the fragmentation instead of other packetization modes such as slice structured coding or slice groups have been discussed, 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.
SA4 noted this feature at SA4#34, but it was questioned whether FEC will be mandatory in MBMS. The latter issue has been clarified by the decision at SA#27 that MBMS will support FEC. Furthermore, SA4 did not prefer this feature over slice structured coding as video specific results were not available. This document provides some video related results which prove the arguments made previously. Therefore, we propose to add NAL unit fragmentation as a recommended feature for MBMS Release 6 and state the superiority of NAL unit fragmentation over slice structured coding due to the reasons mentioned. It is up to the editor of TS26.346 and the corresponding TR to appropriately reflect this recommendation, but we prefer that this feature should explicitly be recommended in TS26.346. If accepted, an appropriate CR will be prepared during the meeting.
2 Discussion

Figure 1 shows the MBMS video transmission system and also highlights a several optimization parameters. They should be adequately selected taking into account the application and transmission constraints as well as advanced receiver algorithms. Among others, H.264 encoding parameters, fragmentation of NAL units, the dimension and the rate of the error protection, as well as the transport and physical layer options are to be selected. 
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Figure 1 MBMS FEC framework for H.264-based streaming video delivery.
The overhead is varied such that the video fits into the overall bit-rate and also the delay constraints are maintained. The GOP itself is bounded by an IDR frame and consists of regular P-frames only. It is further assumed that the stream is encoded such that in the operational rate control the macroblock modes are chosen assuming an NAL unit loss rate, p, in the encoding process which matches the NAL unit loss rate of some worst case user for the selected transmission parameters, i.e. p=pNALU,wc. For the packetization modes we assume different parameters, namely that 

· no slices are used and each NAL unit is transported in a single RTP packet,

· FMO with checkerboard pattern is used, whereby the number of slice groups is varied and no specific optimization on the packet sizes is performed.

· no slices are used, but the NAL unit is fragmented into multiple fragmentation units according to RFC3984, each fragmentation unit is transported in a separate RTP packet and reassembly of NAL units at the receiver is only possible if all fragments are received correctly. The fragmentation size is chosen appropriately. 
To obtain insight in the performance of FEC in 3GPP applications, especially in the case of MBMS, we have implemented the different options and tried to find suitable parameter settings and overall performance figures for these kind of applications. 
3 Experimental Results

To obtain reasonable results for the MBMS environment, we have extended the simulation software for 3G mobile transmission according to VCEG-N80 by the RTP-FEC framework. This software allows setting the different parameters as presented in the previous subsection. Any pre-coded H.264 NAL unit sequence can be transmitted taking into account timing information. In the following we will restrict ourselves to ideal erasure codes as the performance of Raptor codes is only marginal worse when compared to ideal codes and we safe the extra burden of Raptor implementation and simulation. For comparison reason we again use the same video sequence, namely the QCIF test sequence "Foreman" (30 Hz, 300 frames) coded at a constant frame rate of 7.5 fps with regular IPPP… structure. This results in an IDR frequency of 10 seconds which is assumed to be reasonable. Flexibility in the video encoding is provided by allowing to adapt the bit rate Rv including packetization overhead for NAL headers as well as the macroblock intra update ratio specified by pNALU. Specifically, we have selected operation points which result in application layer error rates pAL={0, 0.1, …, 2, 3,…, 20}% for each of the systems presented in Figure 2. The video is encoded with a variable bit-rate rate control to match the application layer throughput ηAL. Note that in any case the maximum delay constraint of δ=5s is not exceeded. In addition, we might apply fragmentation of NAL units to obtain RTP packets of size 300 bytes and 600 bytes. Also, FMO can be applied, we restrict ourselves to two slice groups ordered in checkerboard pattern. The channel is again assumed to support 64 kbit/s and different RLC-PDU loss rates are considered. Figure 2 and Figure 3 show the average PSNR over the application layer throughput ηAL for different system designs for RLC-PDU loss rate of 1% and 10%, respectively. For both cases, we assume that the considered user is also the worst case user for which the system is optimized. For each point shown in the figures we assume a certain target code rate rt. The channel is assumed to have transmission time interval of 80ms, for comparison also one result with TTI=10ms is shown for the RLC-PDU loss rate 1%. We use T=20 and in case of TTI=80 ms P=30 and for TTI=10ms P=6. In addition, header compression is assumed such that PDCP/IP/UDP header is reduced to 10 bytes.
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Figure 2 Average Peak Signal-to-Noise Ratio (PSNR) over the application layer throughput ηAL for different system designs and RLC-PDU loss rate of 1%.
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Figure 3 Average Peak Signal-to-Noise Ratio (PSNR) over the application layer throughput ηAL for different system designs and RLC-PDU loss rate of 10%.
Many interesting insights are observed from the results. Let us first investigate the 1% case. In any case for low throughput the FEC is sufficient to obtain an error-free received video resulting in only encoding distortion. The reduced compression efficiency due to FMO is observed, whereas single slice mode as wells fragmentation operates in all cases with the same encoded bit-stream. The TTI 10ms results in significantly higher IP-packet loss, as the likelihood that a long IP-packet is hit by an error is significantly larger. Hence, longer TTIs are beneficial, if the RLC-PDU loss rate is the same or even lower for the longer TTI. With increasing throughput the quality increases as long as the FEC is sufficient to correct the errors. If the FEC is correctly designed the best performance is achieved by fragmentation, as the RTP packets are most suitably aligned with RLC-PDUs. Shorter fragments are worse due to higher packet overheads. If the FEC is not appropriately designed the quality degrades again although the video is coded with optimized MB intra refresh rates. One can observe that without any FEC – represented by the end-points in the graphs – that FMO performs best. Therefore, it is obvious that the redundancy is better spent for FEC than for error resilience in the video. Similar results are obtained for the RLC-PDU loss rate of 10%, but the PSNR is obviously lower. Again, FMO only exceeds the other schemes in case of high error rates, but overall the performance of optimized FEC and fragmentation performs best. 
4 Proposal

We propose to add NAL unit fragmentation as a recommended feature for MBMS Release 6 and state the superiority of NAL unit fragmentation over slice structured coding due to the reasons mentioned. It is up to the editor of TS26.346 and the corresponding TR to appropriately reflect this recommendation, but we prefer that this feature should explicitly be recommended in TS26.346. If accepted, an appropriate CR will be prepared during the meeting.
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