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1 Introduction
The purpose of this contribution is to shed some light on codec configuration aspects, namely packetization, loss reporting and reaction to losses, to enhance robust communication. This will help clarifying drafting of the TS for these aspects. Some investigations overlap the findings in S4-AHM025, S4-AHM033, and S4-AHM045. Only H.264/AVC is treated in the following.
2 Packetization
The effect of different slice sizes on decoded PSNR for test sequence stunt, walk, and friends is given in Figure 1 with loss rate as a parameter. The radio frame size (RFS) for experiment is 320 bytes, the RAB supports 128kbps transmission. For loss free case, reducing slice sizes has small degradation effect until it goes below approx. 150 bytes. For lossy cases, smaller slice sizes clearly perform best, 100 to 200 bytes appears a good operating point. Similar trend is shown by other test content as well. In the following this is explained. 
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Figure 1: Variation of decoded PSNR for different slice sizes with loss rate as a parameter.

The protocol stack at terminal is expected to discard a packet for a lost radio frame. Hence slice size comparable to RFS are desirable with some conditions given below. Even for fixed data per slice mode for H.264/AVC, an integral number of MBs go to a slice and fluctuations in size are expected. Hence perfect mapping to lower layer packets is not possible. More often if not always 2 slices will be lost for any slice size close to or smaller than the packet size of lower layers. Hence a slice size close to, but not smaller than, half the RFS is a recommended operating point. This is subject to the condition that the resultant size should not be smaller than 100 bytes. Such small slices are also expected to have no negative impact on audio jitter.
3 Packet loss reporting

On the RTP layer (Figure 2) missing packets at receiver can be detected via simple counter mechanism. This should be reported to the transmitter immediately. This can be done via variety of ways, for example Receiver Report of RTCP (using syntax elements “cumulative number of packets lost” and “extended highest sequence number received” etc.) or via generic NACK messages of AVPF. The transmitter has all information necessary and sufficient to locate the lost reference regions on application layer and apply any necessary changes.
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Figure 2 User plane protocol stack for a basic MTSI capable terminal, TS 26.114
Other AVPF messages like PLI, SLI etc rely on partial decoding of compressed data by the upper layer. One of the major contributors of delay at receiver is the pre-video decoder buffer for conversational applications.  Any delay to feedback information is well known to degrade the performance of the reaction, hence generic NACKS are necessary and sufficient for this purpose.
4 Transmitter reaction to loss

This reaction can come in variety of ways and should be recommended and not mandated to ensure flexibility. However, the appropriateness of this reaction affects the performance in several dBs for moderate losses, as shown in several earlier contributions (S4-060438 etc.). Hence a sensible use of loss reports is of vital essence.
The simplest rudimentary form of reaction to terminate error propagation is to transmit a complete intra frame. The tremendous impact on compression is well known. This can be seen by the large buffer fluctuations as given in a selected portion of sequence stunt, walk in Figure 3. The single peak at approx. 29th second equates to a 300ms additional delay, which is unacceptable for conversational application.
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Figure 3: Plot of buffer occupancy with time, Sequence stunt, walk, 15fps, 128kbps, loss rate 1.5%

A relatively sensible alternative to this approach is to use error tracking at transmitter. A simple proposal has been given in VCEG-AA08, which suggests that with each temporally predicted frame, the corrupted image area grows by 1 MB. The resultant configuration is depicted in Figure 4.
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Figure 4: Packet loss report and error tracking at the encoder. The frame interval is T.

In this figure, after reception of the loss in frame t-3T at time t the lost region is “grown” for frames t-2T and t-3T. The approximate round trip time (RTT) in this case is 3T. The encoder should incorporate this information in encoding frame at time t.

A technique to most gracefully address this situation is to suggest keeping reference frames up to the duration RTT+T in the storage. Only the most recent frame should be used for motion estimation except for the case where the reference area is lost. For such MBs, older reference frames should be used for motion estimation. This ensures that no additional complexity overhead is added; the motion estimation effort is still worth one frame.
If additional memory is not available for even a single more frame, the MBs for which no suitable reference areas is available at time t should be coded in intra mode; a lesser attractive alternate.
The scheme was experimented on all the test content available at VAG. A realistic feedback channel was employed where feedback was multiplexed with normal video traffic. The reference technique uses a fixed random intra MB refresh (RIR). The technique with feedback is labelled as IEC. 3 reference frames were kept in the buffer. RABs have a RFS of 320 bytes, and support 128kbps. The results are presented for the reader’s amusement. 
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Figure 5: Sequence “Stunt,” PSNR of MSE vs. Loss rate
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Figure 6: Sequence “Stunt,” PDVD vs. Loss rate
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Figure 7: Sequence “Bar,” PSNR of MSE vs. Loss rate
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Figure 8: Sequence “Bar,” PDVD vs. Loss rate
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Figure 9: Sequence “Party,” PSNR of MSE vs. Loss rate
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Figure 10: Sequence “Party,” PDVD vs. Loss rate

The performance improvements are gigantic. Typical gains are approx. 5dB for 5% losses. The IEC technique provides good quality video 80% of the times in a scenario when the reference technique gives 80% degraded video (sequence “Bar” PDVD curves, 5% loss). Hence allocating an extra space for couple of video buffers is well justified.
5 Proposals

The investigations and results shed light on drafting recommendations for video codec configurations:

1. Video packetization should be done keeping in view the packetization of lower layers, and avoiding using packets below a threshold size that degrades compression significantly.

2. Using RTCP receiver reports or AVPF generic NACKs to report packet losses for the consideration of encoder.
3. The encoder should use some simple error tracking mechanism and save a few extra reference frames up to the RTT+T. Only using most recent reference except the reference region is lost. Motion estimation on multiple frames for typical battery operated devices is recommended against. This configuration remarkably enhances system performance and recommended.
BenQ will assist drafting specifications based on these findings and welcome proposals in these directions.
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