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1 Summary

This document presents simulations results for MBMS video streaming. The simulations were carried out according to draft video simulation conditions S4-040582 as much as possible. Two codecs, H.263 Baseline and H.264/AVC Baseline, were tested. Furthermore, encoding schemes of H.264/AVC were tested: H.264/AVC IPP in which all codec pictures are reference pictures, and H.264/AVC IpP in which every other coded picture is a non-reference picture. The performance of codecs and encoding schemes were measured in terms of peak signal-to-noise ratio (PSNR) of the resulting uncompressed video sequences. It was found that H.264/AVC Baseline outperforms H.263 Baseline remarkably. The H.264/AVC IpP codec configuration and unequal protection of reference and non-reference pictures further improves the performance especially in error-free transmission and UTRAN 1%case. In addition, the H.264/AVC IpP codec configuration enables smaller initial buffering delay (as explained in document S4-040743). Therefore these simulation results support the selection of H.264/AVC Baseline profile as the required codec for MBMS and the techniques for minimizing the tune-in delay as proposed in S4-040743.

The contribution is structured to two sections: section 2 presents the simulation conditions, and section 3 presents the simulation results.

2 Simulation Conditions

2.1 Common Simulation Conditions (S4-040582)

Simulations were done following the draft video simulation conditions for 3GPP services (S4-040582) as closely as possible. The major differences compared to S4-040582 were:

· The test sequence for PSS and MBMS was changed to Glasgow Tour. (Originally planned NASA had an unclear copyright situation.)

· MBMS conditions of S4-040582 suggested to have one simulation run of a 1-min sequence. We used 50 simulation runs of a 50-sec sequence to get statistically more reliable results.

· In the interest of time, we were able to finalize tests for UTRAN 1% and 10% PDU loss rate cases only. Other error rates for UTRAN (0.5% and 5%) and GERAN were not tested. Congestion and cell change error were not tested either. Our earlier simulations, documented in S4-040533, cover these test cases too.

· The simulation condition documents S4-040582 or S4-040348 do not specify the share of audio and video bitrates. We decided to use 14-kbps audio (AMR-WB+) in our simulations. Note that audio was considered as a “place-holder” only in our simulations. Our simulations gave no results for audio.

2.2 Video Encoding

Two codecs were tested: H.263 Baseline and H.264 Baseline with constraint_set1_flag = 1. Codecs have similar level of rate-distortion optimization.

The picture rate of the Glasgow Tour sequence is originally 12.5 Hz but is considered herein to be 15 Hz (or 30000/2002 Hz, to be exact) to enable coding in H.263 Baseline. Consequently, the duration of the clip is 50 seconds. A constant picture rate of 7.5 Hz was used in all the coded streams.

We always code the first picture of a new scene with IDR in AVC or Intra in H.263. There are totally 23 scenes in the Glasgow Tour sequence. 

The target bitrate for video and its FEC were concluded by subtracting the assumed audio bitrate (see section 2.1) and the associated FEC bitrate from the channel bitrate (64 kbps). See section 2.4 for details how the FEC bitrate for video was concluded. The remaining bitrate was set as the target bitrate for video encoding.

In order to produce the bitstream with the required bitrate, we applied a simple rate control method as follows. A constant quantization parameter (QP) value, herein QP1, resulting into closest bitrate larger than the target bitrate was first found by trial and error. In order to achieve the target bitrate more accurately, the bitstream was then coded with two QP values, QP1 for the first pictures in the stream and QP1+1 for the remaining pictures in the stream. An optimal “change-point picture” (the picture in which the change of QPs happens), resulting into closest bitrate compared to the target bitrate, was searched by trial and error. 

Three codec configurations were tested:

1. H.263 Baseline

2. H.264/AVC Baseline with constraint_set1_flag = 1. All coded pictures are reference pictures. This codec configuration is referred to as H.264/AVC IPP hereinafter.

3. H.264/AVC Baseline with constraint_set1_flag = 1. Every other coded picture is a non-reference picture coded similarly to a B picture in conventional video coding. For more details on the use and benefits of non-reference pictures in H.264/AVC Baseline, please refer to Annexes E and F of S4-040048 and document S4-040743. This codec configuration is referred to as H.264/AVC IpP hereinafter.

GOB headers for H.263 will be inserted for each GOB of an intra picture for every third GOB of an inter picture. This arrangement enabled such RTP packetization that the target RTP payload size (500 bytes) was rarely exceeded. The maximum slice size of H.264/AVC was set to 500 bytes. 

2.3 Video Packetization

An integer number of video picture segments of H.263 (a run of GOBs starting with a GOB header) were packetized into one packet according to RFC 2429. The payload size was equal to or less than 500 bytes or one picture segment (if the picture segment is more than 500 bytes).

For H.264/AVC, one slice was sent in one packet.

2.4 FEC Coding

We selected to use Reed-Solomon FEC coding and simple source block generation (one media RTP packet to one column of the source block). To minimize initial buffering delay, source block boundaries were made to match scene boundaries, i.e. the first picture of a source block was an IDR/intra picture. We believe that the results are applicable to more complex Reed-Solomon schemes and other FEC schemes too.

It was assumed that at the time of encoding, the media encoder and FEC encoder do not have knowledge on the prevailing channel conditions but have to tailor the stream according to expected worst case. In other words, the generated streams were targeted for good quality in worst expected channel conditions, i.e. 10% PDU loss rate. It should be noted that better visual quality could of course be achieved for lower than 10% loss rate, when the FEC code rate and codec parameters are tuned for a lower rate.

To achieve optimal quality for 10% PDU loss rate, we used a small number of trials and errors and some reasoning as follows:

· We tried suggested 1:3 share of FEC and media bitrate. However, this FEC code rate turned out to be too low for UTRAN 10% resulting into several dBs of quality drop in average luma PSNR.

· We tried using an adaptive intra macroblock refresh (AIR) algorithm in video encoding without any FEC coding. This resulted into inferior performance compared to coded sequences without AIR, protected with FEC coding.

· We made the following reasoning, resulting into best performance: The number of media packets for a FEC block is m. In a bad case, one PDU contains data from 3 SDUs (some last bytes of a first SDU, a second SDU entirely, and some first bytes of a third SDU). Therefore, the worst-case SDU loss rate is approximately 3 * PDU loss rate, i.e. 30%. The expected number of received media packets is 0.7*m, and the expected number of media packets to be corrected is 0.3*m. Consequently, a minimum 0.3*m repair packets should be received for the FEC block. When the same loss rate is applied for repair packets, the >transmitted number of repair packets r should be such that 0.7*r=0.3*m <=> r=(0.3*m)/0.7 <=> r=(3/7)*m. To make it an integer number, r = ceil(3/7*m). 

For H.264/AVC IpP codec configuration, non-reference and reference pictures for each group of pictures (from an IDR picture, inclusive, to the next IDR picture, exclusive) were arranged such that non-reference pictures were transmitted earlier than reference pictures. This arrangement minimizes the expected tune-in delay as explained in detail in document S4-040743. The FEC bitrate for reference pictures was selected as explained above, and the FEC bitrate for non-reference pictures was selected similarly to the description above but the expected PDU loss rate was set to 1%.

2.5 Packet Loss Simulation

Qualcomm provided a PDU loss pattern for 1% loss rate. We produced the 10% loss rate pattern ourselves (random error pattern was used), because no suitable channel error pattern was available at the time of running the simulations.

We used 50 simulation runs of the 50-sec coded stream to get statistically reliable results. A random error pattern starting position was generated for each run, and the same starting positions were used for all codec configurations.

2.6 Decoding

Corrupted SDUs are discarded in the receiver. FEC decoding is applied to recover missing media packets, whenever possible. Both codecs include an error concealment algorithm similar to TCON (of H.263 Test Model).

3 Simulation Results

Simulation results are summarized in the table below. It can be seen that H.264/AVC Baseline outperforms H.263 Baseline remarkably. The H.264/AVC IpP codec configuration and unequal protection of reference and non-reference pictures further improves the performance especially in error-free transmission and UTRAN 1%case. In addition, the H.264/AVC IpP codec configuration enables smaller initial buffering delay (as explained in document S4-040743). Therefore these simulation results support the selection of H.264/AVC Baseline profile as the required codec for MBMS and the techniques for minimizing the tune-in delay as proposed in S4-040743.

	
	
	
	ERROR FREE
	UTRAN 1%
	UTRAN 10%

	
	Total bitrate (video+FEC) (kbps)
	FEC bitrate share (%)
	avg luma PSNR: dB
	avg luma PSNR: dB
	avg luma PSNR: dB

	H.263
	44.232000
	42.7%
	25.969396
	25.969396
	25.838859

	H.264

IPP
	44.189920
	42.6%
	27.969755
	27.969755
	27.379425

	H.264

IpP
	44.175840
	19.0%
	28.427976
	28.427976
	27.545893
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