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1. Introduction
TS 26.436 currently specifies to use RFC3640 for RTP packetization of Enhanced aacPlus streams. At SA4#34, this was agreed to be the working assumption, subject to a proof of performance as requested by Ericsson (which is reflected in the current version of TS 26.346) . Albeit the fact that Ericsson did not make any further statements as to what kind of proof they would expect to see, Coding Technologies has performed experiments to verify whether frame interleaving does in fact have the potential of improving error robustness. The experiment and its results are described below.

2. Experimental Design

The tests streams were generated by creating error pattern files which simulate single IP packet losses. Depending on the chosen interleaving pattern, this translates directly into a corresponding pattern of lost audio frames. 

In a scenario with no interleaving and a single audio frame per IP packet, only this one audio frame would be distorted and concealed. In a scenario in which the interleaver would stuff 5 audio frames into one IP packet, all those 5 audio frames would be distorted and concealed.

On the other hand though, it was taken into account that IP packets and RTP packets contain headers which reduce the available net datarate, i.e. a stream with a single audio frame per IP packet would have a lower net datarate available than a stream in which the header overhead would be distributed among several frames in a single IP packet.

The following key parameters were used in the experiment:

Target gross datarate: 24000 bit/s 

Overhead taken into account: 60 bytes (48 bytes IP header and 12 bytes RTP header)

Maximum delay: 2s Taking into account the frame length of Enhanced aacPlus, this led to a maximum number of 46 frames across which the interleaver could operate

Based on these key parameters, the following three scenarios were created and tested against each other:

Scenario5: One audio frame per RTP packet, no interleaving (corresponding overhead: 32%)

Scenario6: Eight audio frames per RTP packet, interleaving across 5 IP packets (corresponding overhead: 5.5%)

Scenario7: Five audio frames per RTP packet, interleaving across 9 IP packets (corresponding overhead: 8.5%)

Earlier experiments as well as an informal test during this experimental process have shown that packaging multiple audio frames into a single IP packet without interleaving will result in a significantly worse error performance so this case was ignored in the evaluation.

The interleaving pattern was a simple pattern with a constant stride. More sophisticated patterns could take care that even two consecutive lost packets would not result in consecutive audio frame losses. However, we considered the primary goal of this experiment to demonstrate the potential of packet interleaving in terms of increasing error robustness. In order to optimize the actual interleaving patterns, more detailed analysis and better knowledge of the error behaviour of the channel would be necessary. 

The error patterns were generated such that within 94 audio frames one IP packet was assumed to be lost. This results in a worst case assumption for the interleaved streams as their actual audio frame loss rate is by a factor 5 (resp. 8) larger.  In a real world scenario it can be assumed that a stream with many smaller IP packets will suffer from a higher packet loss rate than a stream with fewer but larger packets, especially if the error patters show a bursty structure. This would reduce the quality of the non-interleaved scenarios further but we did not take this into account during this test to put maximum stress on the interleaved scenarios.

In summary, the test was designed as a maximum stress test under which the interleaved scenarios should prove whether they could compensate the higher number of frame losses with their gain in bitrate. The interleaved scenarios were deliberately put under a disadvantage in terms of error probability to create a worst case scenario.

3 The listening test

The test procedure followed that of the “Multiple Stimulus with Hidden Reference and Anchors” (MUSHRA) method for the subjective assessment of intermediate quality audio.

6 expert listeners performed the test in the listening room of the Nuremberg office of Coding Technologies which has also been used in previous selection and characterization tests.

Besides the three scenarios under test described above, the test contained a hidden reference, two anchor signals and an undistorted signal at the maximum bitrate among the three scenarios.

The test material was taken from the recent characterization test. 

The results of the test (per item and average) are shown in the diagram below
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4 Conclusions

Putting multiple audio frames into a single RTP/IP package is a way to increase the net datarate of a streaming service and can thus be used to provide higher quality services at a given transmission datarate. 

The testresults shown above demonstrate that the use of interleaving can mitigate the packet loss effect such that the increased net datarate – and thus the higher quality in undistorted situations - can be achieved without sacrificing error robustness.

Even under the worst case conditions used in the evaluation (unrealistically low frame loss rate for non-interleaved stream, not-yet optimized interleaving pattern), one of the interleaving patterns resulted in an audio quality in the error-prone case that was not statistically worse than the non-interleaved stream. Therefore, it can be assumed that interleaving has the potential to result in an overall improvement in service quality for streaming services, in particular MBMS. 

There may be other ways to decrease the header overhead for RTP/IP transmissions, such as ROHC. However, we may not be able to safely assume that such methods will be available across all networks. Therefore, the test results indicate that it would be desirable to use an RTP packetization which enables interleaving.

5 Proposal

The authors conclude that the proof of performance which was requested by SA-4 has been provided through the test described in this document. Therefore, the authors propose that RFC 3640 is finally selected as the RTP packetization method for Enhanced aacPlus in MBMS.
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