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1. Introduction

During the last PSM Ad-hoc group meeting on April 9th –10th in Langen, Germany, MPEG-4 Scalable Audio coding was proposed as a new audio codec for the new work item “Extended Streaming Service” in Release 5 [1]. It was proposed that the capability to decode the base layer of an MPEG-4 Scalable audio stream would be mandatory, while decoding of the enhancement layers would be optional. This document intends to provide additional information on the consequences of the adoption of the MPEG-4 AAC Scalable audio object type as a new audio codec for Extended Streaming Service.

2. Functionality of scalable coding

MPEG-4 Scalable coding allows a bit stream to be decoded at various bit rates. The bit stream consists of a layered structure (one base layer and one or more enhancement layers) that allows the enhancement layers to be included or omitted from the decoding process. By either using or ignoring one or more of the enhancement layers, the decoder can control the effective bit rate being used.  The use of scalable audio coding will be described by means of an example application: a streaming server distributing music over Internet to its clients.

On the client side, the advantage of using scalable coding is that the client may immediately adapt to changing network conditions, without having to re-negotiate with the server for a different bit rate. This means that, whenever the enhancement layers are no longer available to the audio decoder, it will autonomously switch to a lower bit rate, without having to inform the server and therefore without any delay in the audio playback. When the enhancement layers are presented again to the audio decoder, it will immediately switch to the higher bit rate – in the same session, so no re-configuration of the client terminal is required. In addition, the same switching can be used by the client if for example the required processing power is (temporarily) not available to decode the full stack of enhancement layers. The decoder may decide – on the fly – to decode a subset of the received content in order to be able to continue play back in real-time.

The server is capable of transmitting music at various different bit rates, in mono and stereo, depending on the network conditions and the demands of each individual client. The fact that the compressed content is stored on the server in a scalable format means that only one single copy of the content needs to be stored on the server, thereby saving on storage capacity and simplifying the content authoring process. Furthermore, the server can use the low-bit rate base layer for pre-listening of a particular piece of music, while the enhancement layers can be transferred afterwards when a high-quality copy of the content is desired. 

If the network is able to assign a lower priority to the enhancement layer packets and a higher priority to the base layer, then the network may decide to drop (some of) the enhancement layer packets in case of a network congestion. 

3. Effects on coding efficiency

When comparing the audio quality of a non-scalable stream to a scalable stream, one may expect that the scalability feature will introduce a difference in audio quality, when both operate at the same (total decoded) bit rate. Or likewise, that the scalable bit stream will need a slightly higher bit rate than the non-scalable stream to achieve the same audio quality. Note that the base layer of a scalable stream is syntactically very similar to a non-scalable AAC stream, so the difference in audio quality is negligible.

MPEG has performed a listening test [2] to investigate any potential effects of MPEG-4 AAC Scalable coding on the coding efficiency. In the Audio On Internet test, conducted in October 1998, AAC non-scalable was compared directly to AAC Scalable, see Table 1.

Table 1: AAC scalable vs. AAC non-scalable in the MPEG Audio On Internet test

Number
Codec
Mode
Sampling rate
# layers
bit rate

D1
AAC
Stereo
24 kHz
1
40 kbit/s

D2
AAC
Stereo
24 kHz
1
56 kbit/s

D3
AAC Scalable
Stereo
24 kHz
2
24 + 16 kbit/s

D4
AAC Scalable
Stereo
24 kHz
3
24 + 16 + 16 kbit/s

The grading in this listening test has been performed on a 5-point scale, according ITU-Recommendation BS.562.3. This method uses a five-grade scale for scoring, see Table 2.

Table 2: BS.562.3 Quality scale

Score
Description

5
Excellent

4
Good

3
Fair

2
Poor

1
Bad

Figure 1 shows the average results of the listening test, including 95% confidence intervals.
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Figure 1: AAC scalable vs. AAC non-scalable in the MPEG Audio On Internet test

Based on the overall results in Figure 1 and the detailed results in [2], the following observations can be made:

· AAC 40 performed better than AAC scal 40 overall, but performance was similar on almost all items.  AAC 40 was rated higher than AAC scal 40 on one item.

· AAC 56 performed better than AAC scal 56 overall, but performance was similar on almost all items. 

It can be concluded that a relatively moderate quality impairment is perceptible when comparing AAC Scalable against AAC non-scalable at the same bit rate.

4. Effects on decoder complexity

At the PSM AHG meeting on February 2001 in Lund, Sweden, the AAC (non-scalable) decoder complexity was discussed in detail [3]. In this section, additional complexity figures for the AAC Scalable object type is given.

In the AAC Scalable decoder, the following observations can be made [4] with respect to the usage of the various AAC decoding tools:

· The required input and output buffer size is independent of the number of layers. It only depends on the number of output channels.

· Huffman decoding is performed on all layers. In this estimation, it is assumed that the Huffman decoding computational complexity linearly scales with the bit rate.

· Inverse quantisation and scaling is performed on all layers.

· M/S (Mid/Side) coding is only performed on AAC stereo layers, with the restriction that each spectral line is processed once at most.

· The LTP (Long-Term Prediction) tool may only be applied to the base layer.

· PNS (Perceptual Noise Substitution) may be applied to all layers.

· TNS (Temporal Noise Shaping) decoding may be applied at maximum once for all AAC mono layers and at maximum once for all stereo AAC layers, with the restriction that each spectral line is filtered once at most.

· IMDCT (inverse Modified Discrete Cosine Transform) is performed only once in the decoder, regardless of the number of enhancement layers to be decoded.

Taking into consideration these observations, the complexity of a scalable configuration can be estimated. Below are two examples, based on the complexity information already presented for non-scalable AAC decoders [3] and assuming the following conditions:

· Sampling rate 48 kHz.

· 16 bits per sample.

· 1024 samples per frame.

· The target machine uses only IEEE floating point arithmetic, so that all floating point data require four bytes of storage.  All storage is specified in terms of 32-bit words.

The first example assumes a two-layer configuration: a 48 kbit/s mono AAC base layer and a 32 kbit/s stereo AAC enhancement layer. The second example describes a three-layer configuration: a 48 kbit/s mono AAC base layer and two stereo AAC enhancement layers of 32 kbit/s each.

Table 3 and Table 4 show the estimated computational complexity, Table 5 and Table 6 show the required read-write storage.

Table 3: Instruction complexity estimation for one AAC mono layer (48 kbit/s) + AAC stereo layer (32 kbit/s)


base layer
enh. layer
total instr.
total MIPS
total %

Huffman, pulse decode
10243
13657
23900
1.12
22%

Inv. quant. and scale
1708
3416
5124
0.24
5%

M/S synthesis
-
856
856
0.04
1%

LTP
22528
-
22528
1.06
21%

PNS
0
0
0
0.00
0%

TNS (max)
16260
16260
0.76
15%

IMDCT
39936
39936
1.87
37%








Total


108604
5.09
100%

Table 4: Instruction complexity estimation for one AAC mono layer (48 kbit/s) + 2 AAC stereo layers (2 x 32 kbit/s)


base layer
enh. layer
enh. layer
total instr.
total MIPS
total %

Huffman, pulse decode
10243
13657
13657
37557
1.76
30%

Inv. quant. and scale
1708
3416
3416
8540
0.40
7%

M/S synthesis
-
856
856
0.04
1%

LTP
22528
-
-
22528
1.06
18%

PNS
0
0
0
0
0.00
0%

TNS (max)
16260
16260
0.76
13%

IMDCT
39936
39936
1.87
32%









Total



125677
5.89
100%

Table 5: Read-write storage for one AAC mono layer (48 kbit/s) + AAC stereo layer (32 kbit/s)


base layer
enh. layer
total words

Input buffer
384
384

Output buffer
1024
1024

LTP
512
-
512

PNS
1
2
3

Working buffer
2048
2048

IMDCT state vars
1024
1024






Total


4995

Table 6: Read-write storage for one AAC mono layer (48 kbit/s) + 2 AAC stereo layers (2 x 32 kbit/s)


base layer
enh. layer
enh. layer
total words

Input buffer
384
384

Output buffer
1024
1024

LTP
512
-
-
512

PNS
1
2
2
5

Working buffer
2048
2048

IMDCT state vars
1024
1024







Total



4997

5. Transport of multiple layers

To be used in a meaningful way, the separate layers of an MPEG-4 AAC Scalable audio bit stream should be transported from the audio encoder to decoder over separate channels. Within the scope of 3G, this means that the layers should be transported over separate RTP sessions. MPEG and ISMA are currently standardizing MPEG-4 transport over RTP [5]. If the RTP sessions are transported over the network with a different quality of service, it can be expected that, in case of severe channel conditions, the resulting perceived audio quality of the scalable codec will be better than the quality of the non-scalable codec. For more information on MPEG-4 Audio transport over RTP, please refer to [5].
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