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some issues regarding MBMS codec requirements, particularly error resilience for MBMS in Release 6.
As well as presenting some conclusions on codec requirements, the paper is also intended to stimulate discussion on MBMS from which requirements can be captured in the SA4 MBMS TS.
The codec requirements for MBMS are very similar to those for PSS. However, there are two important differences that should be taken into consideration :
1. The server cannot adapt to the needs of the individual clients. Either all clients receive the same bit stream or some adaptation is performed in the network. This is possible with scaleable encoding or multi-stream serving.
2. No re-transmission is possible at any layer. Therefore, the bit stream needs to be resilient to errors (bit errors or packet losses).

8. Discussion

8.1 Bit Stream Adaptation

8.1.1 Multi-stream Serving

In multi-stream serving, the server sends multiple independent bit streams with different bit rate and/or error resilience. As shown below, somewhere in the network, the right stream for the client is selected. This requires a switching functionality which knows about the client and channel requirements.
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The bit rate between the server and the switch is the total of the bit rates of all streams. Therefore, it is not bandwidth efficient until the switch. However, each stream is optimised in terms of compression efficiency.
The main problem is the complexity of implementing the switching functionality based on the client capabilities. 
This option does not have any impact on encoding. However, the streaming protocols should allow passing all the necessary information to the switching functionality.
8.1.2 Scaleable Encoding

As shown in the figure below, scaleable encoding allows sending one bit stream with multiple layers with different quality and error resilience characteristics.
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In other words, it allows adapting the bit rate according to the client capabilities and channel characteristics. This will allow sending 64kbps stream to the clients using a  64kbps RAB and 128kbps stream to the clients with a 128kbps RAB.
The switching functionality does not have to be in the network nodes. It can be done automatically over the air. For instance, the layers can be transmitted differently so that the base layer is received by all terminals, but the higher layers are received with more or less errors depending on how far the terminal is from the base station. 

However, scaleable encoding increases complexity in both the network and handsets, and compromises compression efficiency. 

8.2 Error Resilience

Since re-transmission in the access network is not possible in MBMS, error resilience is very important. This section summarises various aspects of error resilience which need to be considered.
8.2.1 Packet Loss vs. Bit Error

In most UDP implementations, packets with bit errors are discarded. In those networks, the bit error rate in the application layer is negligible. 
However, discarding erroneous packets is not the best solution for video bit streams. If the video decoder is equipped with bit error detection and concealment algorithms, it is usually better to pass the packets with bit errors to the video decoder so that more visual information can be extracted.

Error resilience techniques against bit errors and packet losses are very different, therefore, this has to be considered when selecting the error resilience tools and options.
8.2.2 Error Resilience Tools vs. Encoding Options

The error resilience of the bit stream can be improved by using error resilience tools (e.g. resynchronisation marker, data partitioning, reversible variable length coding) and/or encoding options (e.g. adaptive intra refresh). The error resilience tools require different bit stream syntax, which has implications on the codec standard. 
The mandatory 3GPP codec H263 Baseline Profile 0 does not support any error resilience tools. However, both optional video codecs H263 Baseline Profile 3 and MPEG4 Visual Simple Profile have a number of error resilience tools, which might be useful for MBMS depending on the channel characteristics.
It is also possible to improve error resilience by adjusting the encoding options with some compromise in the compression efficiency. For instance, refresh pictures can be sent more frequently to recover quickly from errors. These techniques can be applied in all standard video codecs, and they don’t require any syntax change. Therefore, the encoding options don’t need to be standardised.
8.2.3 Effect on Quality

The quality in presence of bit errors and/or packet losses depends very much on which parameters in the bit stream are corrupted. In general, each video packet corresponds to a different video frame. If a refresh (intra) frame is lost, the quality of all the following prediction (inter) frames will be severely affected. On the other hand, if an inter frame is lost, the quality degradation is not so severe. Similarly, in bit errors, the place of the corrupted bits in the bit stream makes significant difference in the quality.
As discussed in the previous section, the error resilience tools and techniques used in encoding also affect the final quality significantly. Because of the syntax-compliant error resilience techniques in the encoder and decoder, two implementations of the same codec can result in very different quality levels in the presence of the same error conditions.
Finally, since the perceived quality is dependent on the context, the same level of quality degradation might be acceptable in some cases and not acceptable in others.
Because of these factors, it is very difficult to determine bit error rate or packet loss rate values that can be considered acceptable in media content for MBMS. However, the following values are indicative of the error rates required by audio and video media streams.
For the purposes of example, figures are provided for the AMR speech codec and the MPEG-4 video codec.
AMR

BER
10-4 for Class 1 bits

10-3 for Class 2 bits

for some applications, a higher BER class (~10-2) might be feasible.

FER
< 0.5% (with graceful degradation for higher erasure rates)

MPEG-4 Visual

BER
10-6 - no visible degradation

10-5 - little visible degradation

10-4 – some visible artefacts

> 10-3 - limited practical application

Packet loss
≈2%
8.3 Codecs and Profiles

The R4/5 mandatory codecs are AMR-NB for audio and H263 Profile 0 (Baseline) for video. H263 Baseline does not include any error resilience tools. For improved error resilience, one of the 2 optional video codecs, MPEG4 Visual Simple Profile or H263 Profile 3, could be better for MBMS.
Both H263 and MPEG4 have higher profiles, which allow scaleable encoding. However, the advantages gained from scaleable codcs need to be balanced against the additional complexity and reduced compression efficiency, given the Release 6 timescales.  Hence, scaleable encoding should be postponed to a later release.

H.264 (MPEG4 AVC) offers significant improvement (about 40%) over H263 Baseline. As this is being considered for PSS services it should be also considered for MBMS services.
9. Conclusions

9.1 Codecs

· The current 3GPP codecs can be used for MBMS, but the mandatory video codec H263 Baseline does not have error resilience tools. MPEG4 Visual has both error resilience tools and improved efficiency. Therefore, MPEG4 Visual should be a preferred codec for MBMS.

· Consideration should be given to H.264 and it’s suitability for MBMS should be evaluated.

9.2 Error Resilience

· The channel quality should be good enough so that the packet loss rate should not exceed 0.5% for audio and 2% for video. If the bit errors are passed to the application, the bit error rate should not exceed 10-4 for audio and 10-5 for video.

· Decoder-specific error resilience is not part of any standard. Given the retransmission constraints that MBMS has, error resilience techniques should be part of the TS and it is recommended that a dedicated clause in the TS addresses this. For example, if the bit stream is encoded with reversible variable length encoding (RVLC), the decoder should be able to decode in the reverse direction if needed.

· Passing bit errors in the video bit stream to the decoder rather than discarding the entire packet allows extracting more visual information. Ideally, both UDP and RLC UM packets should not be discarded due to bit errors, and they should be passed to the application.

9.3 Bit Stream Adaptation
· Scaleable encoding and multi-stream serving allow adapting the bit rate and error resilience according to the client’s capabilities. However, they require additional complexity in the server, network and also handset. It is likely that they will cause delay in the implementation of MBMS services. Therefore, bit stream adaptation should be considered as a low priority feature for Release 6. 
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