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1. Introduction
In the SA4 meeting in Tokyo in December 2001, the introduction of RFC-simple was discussed. The main benefit of including RFC-simple in Release 5 is the possibility to apply interleaving when transporting AAC via RTP. The meeting concluded that evidence should be provided on the added value of such interleaving. This document and its accompanying demonstration are intended to provide such evidence.

2. Interleave experiment

 This document briefly describes an experiment that was carried out on the performance of an AAC decoder in case of RTP packet losses with and without interleaving. Two audio sequences were used, each with a length of about 40 seconds:

· Sequence 1 is an AAC stereo stream, with a sampling rate of 44.1 kHz, coded at 128 kbit/sec.

· Sequence 2 is an AAC mono stream, with a sampling rate of 44.1 kHz, coded at 64 kbit/sec.

Of each sequence three versions were produced:

a) Perfect channel: no RTP packet loss.

b) RTP packet loss: No interleaving; the entire sequence consists of four sub-sequences with a length of 10 seconds, demonstrating the loss of a single RTP packet and two consecutive RTP packets, respectively:

0   - 10 seconds: loss of a single RTP packet

10 - 20 seconds: loss of two consecutive RTP packets

20 - 30 seconds: loss of a single RTP packet

30 - 40 seconds: loss of two consecutive RTP packets

c) RTP packet loss: With interleaving; the applied interleaving is based on the Internet draft ‘draft-ietf-avt-mpeg4-simple-00.txt’. The same packet loss pattern and the same audio item as in b) are used.

Annex A provides the details on the interleaving scheme used in the demonstration. It includes two examples of how interleaving affects the order of the frames received by the AAC decoder. Annex B provides details on an alternative interleaving scheme which is better suited to handle extreme error conditions.

3. Error Concealment

For decoding of all sequences the same (proprietary) error concealment algorithm is applied, independent of the use of interleaving. 

4. Conclusion

It is shown that interleaving provides important opportunities for decoders to substantially improve their performance in case of RTP packet loss. It is therefore proposed to adopt draft-ietf-avt-mpeg4-simple-00.txt as a second tool for transport of AAC Audio, next to RFC3016. Mandatory support of both transport methods in Release 5 compliant receivers is suggested. 

Annex A – Interleaving details

This annex provides the details of the interleaving scheme used in the 64 kbit/s demonstration. The 128 kbit/s demo uses a similar interleaving scheme. When preparing the demonstration, the assumption is made that if an error occurs in an RTP packet, the entire RTP packet is discarded and error concealment is applied for all AAC frames in that particular RTP packet.

· AAC Low Complexity, mono, 64 kbit/s, 

· 44.1 kHz sampling frequency, 1024 audio samples per AAC frame

· 3 AAC frames per RTP packet, RFC-simple applied

· Interleaving depth = 10 RTP packets

· Interleaving scheme:
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· Block size = 3 x 10 = 30 AAC frames

· Block delay = 30 x (1024 / 44100) = 697 ms

· Average AAC frame size = 64000 x (1024 / 44100) = 1486 bits = 186 bytes

· Average RTP packet size = 3 x 186 = 558 bytes

· Average block size = 30 x 186 = 5580 bytes

· RTP packet duration = 3 x (1024 / 44100) = 70 ms (14.4 RTP packets per second)

· Dropping 1 RTP packet every 2 seconds corresponds to an RTP packet loss rate of 3.5%.

· Dropping 2 RTP packets every 2 seconds corresponds to an RTP packet loss rate of 7.0%.

Example of the loss of 1 RTP packet

This example provides an example of how the loss of one single RTP packet (in red) propagates through the system to the AAC decoder, based on the interleaving scheme described in Annex A.

No interleaving 

In this example 3 subsequent AAC frames (70 ms) are lost and must be concealed.
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With interleaving 

In this example, the same error as above is applied. Here also 3 AAC frames are lost, but after de-interleaving the error concealer only has to handle gaps of 1 AAC frame (23.2 ms).
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Example of the loss of 2 subsequent RTP packets

This example provides an example of how the loss of two subsequent RTP packets (in blue) propagates through the system to the AAC decoder, based on the interleaving scheme described in Annex A.

No interleaving 

In this example 6 subsequent AAC frames (139.3 ms) are lost and must be concealed.
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With interleaving 

In this example, the same error as above is applied. Here also 6 AAC frames are lost, but after de-interleaving the error concealer still only has to handle gaps of 1 AAC frame (23.2 ms).
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Annex B – Alternative Interleaving scheme details

This annex provides the details of an interleaving scheme that is more suitable to handle extreme error conditions, e.g. as simulated by the bit error patterns 18681.4 and 18681.3 provided by Ericsson, resulting in about 9 % and 27 % packet loss respectively. To effectively handle such cases, a longer interleaving depth is beneficial. Again, the assumption is made that if an error occurs in an RTP packet, the entire RTP packet is discarded and error concealment is applied for all AAC frames in that particular RTP packet.

· AAC Low Complexity, mono, 64 kbit/s, 

· 44.1 kHz sampling frequency, 1024 audio samples per AAC frame

· 3 AAC frames per RTP packet, RFC-simple applied

· Interleaving depth = 20 RTP packets

· Interleaving scheme:
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· Block size = 3 x 20 = 60 AAC frames

· Block delay = 60 x (1024 / 44100) = 1393 ms

· Average AAC frame size = 64000 x (1024 / 44100) = 1486 bits = 186 bytes

· Average RTP packet size (approximately) = 3 x 186 = 558 bytes

· Average block size = 60 x 186 = 11160 bytes

· RTP packet duration = 3 x (1024 / 44100) = 70 ms (14.4 RTP packets per second)
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