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1 Summary

This document proposes a (better) definition “Error Limits” section of a profile/level framework document, as made available in the Pattaya ad hoc report on Profile and Level Definitions.  It tries to lay common ground for the discussion of error resilience features in the profile/level contents, based on the (as the author believes) general understanding of the VCEG group on the issue.  Theoretical thoughts lead to formula for the conversion of packet loss rates to bit error rates.  Based on the analysis of current error resilience tools and their properties known from H.263 based research, a definition for the Error Limit column of the table in VCEG-O07 is developed.  Finally, higher packet lossy error rates are proposed – however, the bit error rates would have to be reduced according to the formula.

The paper is identical to the version distributed over the JVT reflector on 12/22/01, with the exception of a few minor editorial corrections (mostly typos) and the corrected table 1 (Thanks to Teruhiko Suzuki for pointing out the inconsistency).

2 Error Resilience in VCEG / JVT, Common Ground 

This section tries, to the best abilities of the author, to summarize the common understanding of the error resilience principles in video coding and transport of the old VCEG group.  The author believes that they should be the common understanding of JVT as well – and is eager to comment on any different opinion ;-)

Here are a number of statements, in no particular order:

· Profiles are used to assign a set of tools to an application.  Their main purpose is to facilitate capability negotiation/announcement, and hence to boost interoperability.

· Profiles specify only the decoder capabilities, and not the use of the tools by the encoder

· Many, if not all, error resilience tools are very scalable to adapt to error rates.  This adaptation is called the error resilience strength of a tool.  A typical example for the strength of the error resilience tool intra refresh is the number of intra MBs used per inter slice.

· A well-designed encoder will adjust the use of tools and their strength according to the network conditions.  If no real-time knowledge of the network conditions are available, worst case or average estimations of such conditions will be used.  A typical example: in a conversational IP/UDP/RTP based application, well designed encoders adjust the Intra macroblock refresh rate to the loss situation as reported in RTCP receiver reports.  Stupid encoders may assume 5% loss rate, and hope for favorable network conditions – or select 20%, and yield equally horrible looking pictures under pretty much all network conditions.  In pre-coded environments such as streaming there is not much choice but the second option.

· It is often possible to replace one error resilience tool with others, and gain similar picture quality at the same error rate.  However, it seems that only a well chosen set of tools with appropriate strength levels offers the best R/D performance at a given error characteristic.

· There are error resilience tools that work for bit error and packet lossy environments, and others which work only in one of the two environments. (The author honestly hopes that the standardization process will sort out any error resilience tool that does not work for both -- a task, the academic reviewing process is unfortunately not able to fulfill ;-)

· To make things a bit more tricky, there are tools outside the VCEG/JVT scope that are known to be more efficient than source coding based error resilience.  One example may be packet re-transmission (ARQ) or packet based FEC (RFC2733).  Most of these apply only for high delay applications.  Note: link layer ARQ, as available in some wireless environments, is transparent to the application and not discussed here at all.  

· When compared to (end-to-end) transport-based tools, source coding-based error resilience tools tend to be inefficient in terms of bit rate, but beneficial in terms of latency.  Hence, source coding based error resilience seems to be the more important the tighter the latency requirements are.

· Finally, and this may be a bit controversial, I have not yet seen any source coding based error resilience tool that needs, in an erasure environment and on average, less than at least three times the number of redundant bits that were lost.  Anything more efficient seems to increase the latency to levels unacceptable for conversational applications, or require feedback (or both).

3 Packet losses and bit errors: the relationship

In academia, and also sometimes in the standardization, there are still a few people that believe that error resilient video coding for bit error prone networks is conceptually different from the coding for packet lossy networks.  Clearly, there are a handful of tools that do not help in erasure environments, most of which have to do with syntactic re-synchronization after bit errors, and the detection of the bit error location.  Although the author does not at all believe in the efficiency of those tools, he doesn’t want to make a religious statement here, and acknowledges that other opinions exist.

However, the goal of standardization is inter-operability and nothing else, and, hence, a minimum of profiles should be the goal of the profile/level definition process.  For this reason, the author would strongly oppose any ideas of creating specific profiles just for the bit error prone world.  Hence, it is necessary to come up with a common understanding of the severeness of errors for both bit error prone and packet lossy networks.  This sections tries to lay the groundwork for such a comparison, which will, when accepted, allow us in the future to reference just a packet loss rate.

For the purpose of this discussion lets assume that a video packet consists of a number of bits between to synch markers, i.e. a single slice, a single data partition, or a single picture.  

3.1 Decoder reaction to errors

When a bit error hits a video packet, the normal reaction of a video decoder is to discard all bits after the detection point until the next synchronization marker is reached.  Well designed decoders will also discard a number of bits before the detection point, because, due to the low redundancy of coded video, the error detection will often report problems considerably later than the actual error position.  There are papers out that describe syntax-based repair mechanisms, however, those do not work well with long error bursts as common in most wireless environments.  To make the discussion easier, lets assume that only half of the bits in a video packet that is hit by one or more bit errors are useful for reconstruction – the rest will either increase the error, or will be discarded.

In packet lossy environments, a packet loss means the loss of all the information of the video packet.  Please note that all bit error prone transport environments the author is aware of are carrying some form of checksum, so that they can be treated as packet lossy environments as well – at a typically penalty of twice the number of lost video bits, as discussed in the previous paragraph.

3.2 MTU Size

The smaller the packets in a wireless environment are chosen, the less likely they are corrupted by bit errors.  However, they cannot be chosen extremely small, because in this case the overhead/payload relationship grows to unreasonable numbers.  This is true regardless of the way how packetization is achieved – a segment of video bits between synchronization markers is a packet in this sense as well.  The MTU size in a wireless environment is typically considered as being relatively small – 100 bytes seems to be a useful number.  This number is true regardless of the employed protocol stack, IP or H.324.  Please note that the MTU size in satellite based broadcast systems is considerably larger, but the error rates there really do not mandate any form of error resilient video coding, and, hence, they are ignored here.  If the author discusses wireless, he means wireless in a 3GPP or similar environment.

In wireline environments, the MTU size is generally chosen one order of a magnitude bigger, because of overhead/payload overhead considerations, and the bit error free nature of most of those networks.  In the following, an MTU size of 1000 bytes is assumed.

3.3 Error burst length in wireless environments

The average error burst length in wireless environments depends on many factors including the modem type, the strength of link-layer error protection i.e. by forward error correction, and environmental influences such as signal strength and Doppler effect influences.  For the sake of simplicity, here a (fixed) error burst length of 20 bits is assumed.  Refinement of the following calculation with more accurate data certainly makes sense and is left as a homework for any wireless expert :-)

Please note that it is unreasonable to assume a burst length of 1, which is the case in many of the academic publications concerned with bit error prone environments.

3.4 Packet loss rate versus bit error rate: A simple relationship?

Using the assumptions made above, it is easy to calculate, for a given bit error rate, the resulting packet loss rate.  The author believes that the numbers below are not too far off the reality, but would certainly welcome more competent research on the topic.  

BER: bit error rate, i.e. 10E-3

BurstLen: Bit Error Burst Length, i.e. 20 bits

MTU: MTU Size
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Here are, for a few BERs, the corresponding packet loss rates

	3.4.1.1 BER
	Ploss @ 100MTU
	Ploss @ 1000MTU

	1E-2
	20%
	100% (every packet has errors)

	5E-3
	10%
	100%

	1E-3
	2%
	20%

	5E-4
	1%
	10%

	1E-4
	0.2%
	2%

	5E-5
	0.1%
	1%


When the receiver strategy is to discard any video packet containing bit errors – as it is in the current common condition documents do, for good reasons outlined there – then the loss rate has to be doubled.  

When looking at the results obtained in the H.263 world, the relationship discussed above doesn’t seem to be too far off the reality.  Even when working with very high error resilience strength, packet loss rates of 10% and BERs of 5E-3 show annoying artifacts.  The author certainly wouldn’t go so far to call this a reality check, but it is assuring that the obtained numbers seem to have some relationship with the real world of video coding.  Again, more precise analysis is certainly desirable.

4 Overhead necessary for error resilient video coding

Information theory suggests that the minimum amount of redundancy necessary for reconstruction is the same as the loss rate.  A typical example for this is the working of re-transmission algorithms, where, on the forward channel, only such information is re-transmitted that got lost.

When operating in a simplex, real-time environment, many of the efficient transport-based mechanisms are inappropriate, because they add delay.  Hence, one has to fall back to source coding based error resilience mechanisms.  Such mechanisms can be roughly divided into those, which try to limit the impact of errors (e.g. Slices, Data Partitioning) and such, which try to re-establish the reference picture integrity (intra refresh, reference picture selection, SP slices/frames).  In the following discussion, the first type is ignored, and an appropriate use of these tools is assumed.  Of all the mechanisms of the second type, only intra refresh is a universally useful tool, and, hence it is assumed being the only available tool (the others should IMHO make it into some profiles as well, but for sake of simplicity are not discussed further). 

An intra MB is typically at least three times bigger than an inter coded MB.  Assuming that we don’t want to see temporal error propagation make an already corrupted picture really annoying, macroblocks should be intra refreshed according to the loss rate.  Research done for the H.263 TMN suggested that the intra refresh rate should be roughly the same as the macroblock loss probability, i.e. at 10% loss rate, 10% of the MBs of a picture should be intra coded.  When using a loss-aware R/D optimization scheme and checking the bit streams, many simulation conditions yield a intra rate very close to the above mentioned relationship, but high motion environments yield more.  Setting the intra refresh rate to the same as the loss rate can, therefore, be reasonably seen as a lower bound.  (The author does not want to dive into the problem of the optimal placement strategy – a lot of papers have been published on the topic, but the R/D optimization, by definition, yields the best results).

4.1 Encoder settings with respect to  the error resilience strength

Considering an intra MB being at least three times as big as an inter MB, and taking into account the number of necessary intra MBs, one can easily calculate that the percentage of bits that have to be spend in intra mode.  In a 10% lossy environment, at least 30% of the bits have to be spent for intra, in a 5% environment at least 15%, and so forth.  When the link is bandwidth limited (as it is normally the case), the rate control has to be adjusted accordingly to use quantizer levels numerically high enough to allow for the target bit rate.

5 Finally: Target Error Limit Definition and proposed Error Limits

With the information provided above, it is finally possible to come up with a reasonable definition for a profile performance in an error prone environment.

The following language for the Error Limit definition is proposed:

The Profile contains tools that enable source coding based error resilience for the operation over packet lossy networks with the error limit as specified in the table, and over bit error prone networks with comparable error resilience needs – see [JVT-B025] for this the relationship as defined by VCEG/JVT.

The profile targets an error resilience strong enough so that it is possible to have a PSNR drop of less than 2dB over the average of all pictures of all sequences of the common conditions relevant for the target applications, relative to an error free environment.

The tests have to run under the following conditions:

· For both error prone and error free tests an identical set of error resilience tools at identical strength setting (i.e. same number and same position of intra coded macroblocks, same slice shapes etc.) must be used.

· For each picture, the total amount of bits spend for error resilience must not be bigger than 6 times the number of lost bits (or the corresponding number in bit error prone environments).

· The MTU size has to be chosen according to the target application.

Please note that the above conditions are inappropriate for feedback-based error resilience tools.

Based on this definition, the author would strongly recommend that there either be a fifth profile for store/forward applications, or the error resilience strengths of the High Complexity, High Latency profile be reduced to 1% or even less.  For all other profiles, the author deems it necessary to increase the error resilience strength to at least 10%.

A final note: With the current error resilience tools it is almost impossible to achieve the profile performance for error rates higher than 5%, as specified above.  
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