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Abstimct— ’

In this paper we describe a lossless coding scheme for the
encoding of MPEG-1 Layer III encoded audio bitstreams.
Commontly known as MP3, the MPEG-1 Layer III atandard
has proved widely popular for the tranamission of encoded
audio flles (MP3’) over the Internet,

However, the MPEG-1 Layer IIl standard has been de-
signed with a wide range of appiications in mind. Aas such,
the frame sizes are kept small and redundancies between
samples in neighhoring frames are not exploited. We pro-
pose a design which uses a combination of Linear Predictive
Coding and Arithmetic Coding to exploit such redundan-
cies,

The proposed coder was tested on a number of Layer II1
encoded audio (MP3) files and shown ta produce sn average
coding gain of 12.2% over the original Layer 11} encoded
flles.

1. INTRODUCTION

Since the acceptance of the ISO MPEG-1 standard in
1992 (1], MPEG Audio coding has been used in a variety
of applications for transmission and storage of high quality
digital audio. In particular, the Layer III component of this
standard which is the most sophisticated coding method
offered by MPEG-1 has proved widely popular. :

Commonly known as MP3 (named after its designat-
ed file extension), MPEG-1 Layer III Audio coding has
gradually established itself as the defacto standard for the
transmission of high quality audio signals, particularly for
transmission of music over the Internet. There are tens
of thousands of MP3 files freely available on the Internet.
These files can be downloaded to the user’s hard disk drive
and used for future listening. MPS3 files are kept in their
encoded Layer ITI format and only decoded at the time of
listening (in real-time). .

Considering MP3’s mainly recreational use, it is no sur-
prise that most users download these files from home, and
using an analogue modem. Current modem speeds of 56
kbps and lower mean that a typical 5 minute audio clip
with a file size of around 4 to 6 Megabytes will take at
least 10 minutes to download. _

In addition to the use of MP3 files on PC’s, portable MP3
players have been recently introduced to the market which
store' MP3 files on a flash memory card. The limited size
of flash memory cards (typically 32MB or 64MB) places a
limit on the amount of audio which can be stored on the
device.,

These factors necessitate the development of mare so-
phisticated coders which can result in reduced file sizes
and faster download times. Currently there are a number
of more advanced audio coders available which outperfor-
m MPEG-1 Layer III. A notable example of such coders
is MPEG2-AAC {3]. However, given due to the wide pop-

ularity of MPEG-1 Layer III, the availability of inexpen-
sive decoding solutions and its current status as de-facto
standard for audio transmission over the Internet, MPEG-
1 Layer III is likely to remain quite popular in the near
future. :

Therefore, we were motivated to investigate the possibili-
ty of encoding (Re-Compressing) MPEG-1 Layer III (MP3)
encoded bitstreams. The coding scheme is designed such
that an MPEG-1 Layer ITI encoded file can be encoded and
then decoded to produce the exact same MPEG-1 Layer I
bitstream. Hence, lossless coding techniques must be used.

In this paper, we describe one such lossless coding scheme
and provide coding results for a set of typical MP3 files.

II. MPEG-1 Laver III Aupio

Figure 1 depicts the operation of a MPEG-1 Layer Il en-
coder [1],[2]. In the Layer III encoder, the incoming audio
signal is decomposed into 576 frequency lines (MPEG ter-
minology for subbands). This decomposition is performed
in two stages. The first stage is a subband decomposition
which decomposes the input signal into 32 subbands. The
second stage is the MDCT [1] (Modified Discrete Cosine
Transform) which further decomposes each subband into
18 transform coefficients, resulting in 576 frequency lines.
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Fig. 1. Block diagram of MPEG-1 Layer 11T encoder

After the subband decomposition and MDCT, bit-
allocation is performed based on psychoacoustic criteria
and the samples in each frequency line are quantized ac-
cording to the allocated bit budget. The quantized frequen-
cy lines and the side information are then organized into
distinct frames. Each frame contains data from 2 gran-
ules, where each granule contains a set of 576 quantized
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frequency lines and their associated side information. The
side information is stored in the frame header.

After quantization, the quantized samples are losslessly
encoded by the Huffman coder. The Huffman coder actu-
ally uses a combination of run-length encoding (for long
zero runs at high frequendies) as well as regular Huﬁ'man
coding,

Finaily, the Huffman encoded data and the s:de informa-
ion are crganized frame-by-frame and transmitted in the
format specified by the MPEG-1 Layer III standard. The
bitstream is formatted such that each frame of encoded da-
ta can be decoded individually and without requiring any
additional information.

If the audio source contains more than one channel (eg.
stereo audio), then the coded and quantized lines from,
these channels are interleaved so that each granule contains
data from more than one channel.

Please note that a great many important details of the
MPEG-1 Layer 11 standard have been ignored in this brief
description. For further information, the reader is referred
to [1] and [2].

We note that in Layer III encoding, subsequent to the
the subband decomposition and the MDCT, the quantiza-
tion and Huffman coding are performed by only taking into
account samples from the frequency lines which belong to
the same granule. This means that potential redundancies
that may exist between subsequent samples from a given
frequency hne are not exploited.

. Even though the samples in a given frequency line have
been de-correlated to. a large degree {(as a result of the
subband decomposition and MDCT), it is still possible to
achieve further coding gain by exploiting the redundancies
that exist vnthm the frequency lines (intraband redundan-
cies).

The main reasons why this type of redundancy have not
been exploited in MPEG-1 Layer III: keeping the frame
size small and lowering the computational complexity of
the decoder. The advantages of using smaller frames are:

1. Less buffer memory required in the decoder.

2. Increased robustness to channel errors.

3. Lower coding delay.

However, the increasing availability of large amounts of
merory and processing power means that memory and
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Fig. 2. Block diagram of proposed coder
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computétional complexity have become less of an issue.
Additionally, robustness to channel errors and low-coding

“delay are often not a factor when it comes to MP3 files.

The coding is performed offline and the files are reliably
transmitted through the Internet. Therefore, we set out
to investigate any coding advantages that my arise by ex-
ploiting intraband redundancies and effectively increasing
the frame size.

III. THE ProrOSED CODING SCHEME

In this section we describe the proposed coding scheme
for lossless encoding of MPEG-1 Layer III encoded audio
files.

Figure 2 depicts the structure of the proposed coder.
To be able to utilize the data contained in the Layer III
bitstream, we begin by demultiplexing the bitstream and
reading the side information at the beginning of Layer ITI
frames. The side information is used to perform the Huff-
man decoding. However, the side information is kept intact
and a copy is sent directly to the output bitstream so that
it may be used for future Layer 11T decoding.

After reading the side information, we used the Layer
111 Huffman decoder to decode the quantized samples from
each frame and buffer them for re-compression.

The quantized samples stored in the buffer are then
grouped into blocks of frames and encoded using the loss-
less encoder. The ideal block sizeé depends on the Layer
IIT bitrate as well as the lossless coding scheme being used.
For the lossless coding scheme used in this experiment and
Layer III bitrates of 128kbps and higher, 2 block size of
equivalent of 64 Layer III frames (128 granules) was found
to produce the best results.

The Lossless coder also produces its own side informa-
tion which is sent to the output stream and formatted a-

Jlong with the Layer III side information and the encoded

samples. The lossless coder is described in detail in the
following section.

IV. THE LossLESS CODER

We propose t0 devise a lossless coding scheme which
exploits intraband redundancies in Layer IIT encoded bit-
streams. There are fwo properties of the gquantized sub-
band samples which are exploited in the proposed coder:

1. There is some remaining correlation amongst the

quantized samples within each frequency line. This
correlation is significantly higher in the lower frequen-
cy lines.

2. Neighboring blocks of samples within each frequency

line have similar probability distributions.

The proposed coder utilizes a combination of DPCM
type Predictive Coding [4] and Arithmetic Coding {5}, [6] to
exploit these properties. Figure 3 depicts a block diagram
of the proposed encoder. The individual components of the
coding scheme are described in the following sections.

A. Predictive Coding: We wish to exploit the corre-
lation amongst neighboring samples within individual fre-
quency lines. Linear Predictive Coding (LPC) is used to
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Fig. 3. Block diagram of lossless coder

predict the value of a sample from previous samples in the
same frequency line.

Let s(, j} denote sample number i from the jth frequen-
cy line. We predict the value of s(, ) as the linear combi-
nation of previous samples from the same frequency line:

k=N
i6,7) = Y ax s(i — k. ). (1)
k=1
where {a:} denote the Linear Prediction Coefficients
(LPC’s) which are calculated using an LP analysis method.
N is the order of the predictor.
The residual value d(i, j)} is then calculated as:

d(i, §) = s{i, j) — round(3(4, 7)) (2)

The rounding operation is performed to restrict the
residual d(i, 7} to integer values.

The predictive coding is made adaptive by re-calculating
LPC’s for blocks of 128 samples in each frequency line. The
LPC’s are then quantized and transmitted as side informa-
tion. It was experimentally found that for Layer III en-
coded files at bit rates of 128 kbps and higher, 5th order
LPC’s quantized at § bits per coefficient produce satisfac-
tory results.

B. Blocking of Samples: The residual samples (lines
0 to 63) calculated by the predictive coder are regrouped
with the uncoded samples (lines 64 to 576) and buffered.
The buffer contains samples from 64 frames (128 granules)
of Layer I1I data.

The buffered samples s(i;j)} are then grouped into M
by N sized, non-overlapping blocks. The blocks B,, ,, are

- defined as:

J'\

={{i,jilm<i<m+M,n

i,J <n+N

Bun <J N} (3

C. Adaptive Entropy Coding: The samples in each
bleck are entropy coded using an Arithmetic Coder. The
Arithmetic Coder encodes each sample according to its con-
ditional probability P(s(%,7) | ({,7) € Bm,s). By using d-
ifferent probability models for different blocks, the entropy
coding is made adaptive.

However, Arithmetic Coding requires the probability
models to be also available to the decoder and hence the
probability tables must also be transmitted as side informa-
tion. Transmitting the probability tables presents a chal-
lenge, since without further encoding the added side infor-
mation by far exceeds the coding gain achieved through
Arithmetic Coding. We use two different encoding method--
s for transmitting the probability tables. Examining the
distribution of sample values in the lower frequency lines
reveals that the probability distribution can be well ap-
proximated by a Laplacian distribution which is defined
ag:

e 2| (4

ﬂﬂ=7%

Therefore, we only need to estimate the standard devi-
ation ¢ and transmit it to the decoder. The value of o
is estimated and then quantized using a scalar quantizer
with a resolution of 9 bits and transmitted as side infor-
mation. This quantized value is also made available to the
Arithmetic Coder to use for generating probability tables.

D. Bitstream Formatting: After the coding pro-
cess, the original Layer 11T side information, the quantized
LPCs, the encoded probability models and the arithmetic
coded data are blocked together and written to a file. Each
block of data corresponds to 64 Layer III frames.

It should be noted that for stereo Layer III bitstream-
s, the two channels are treated separately. However, each
block of data now contains both channels in a similar fash-
ion to a Layer ITI bitstream.

E. Uniform and Non-Uniform Blocks: An intuitive
notion which can be confirmed by experimentation, is that
the lower frequency sound components tend to persist for
longer periods of time whereas higher frequency compo-
nents often arise out of short-lived temporal events.

This leads us to believe that there may be some added
advantage in using non-uniform block sizes. That is, we
use blocks longer blocks {more samples from each frequency
line) for the low frequency lines and shorter blocks for the
higher frequency lines.
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V. CobING RESULTS

The proposed coding scheme was tested on a sample of
typical MP3 songs which can be found on the Internet. We
provide coding results and comparisons using the proposed
coder with Uniform Block Sizes (UBS), the proposed coder
with Non-Uniform Block Sizes (NUBS) and PKZIP which
is a general purpose file compression utility.

Table 1 contains a list of MP3 files which were used in
experiments. All of these files contain Layer III encoded
popular songs which are representative of the type of MP3
files which are transmitted via the Internet. These MP3
files have been encoded at a bitrate of either 128 kbps or
160 kbps. Coder parameters such as block sizes, LPC or-
der, LPC Quantization, etc. were optimized based on the
results obtained from a different set of MP3 files which were
encoded at the same bitrates.

MP3 File | File size(kb) | Bitrate(kbps) |
Madonna 1 6414 128
Ottmar Leibert 3724 ‘128
Wamdue Project 7899 128
Sneaker Pimps 4582 128
Madonna 2 5932 128
Breakbeat Era 6192 160
Portishead 5929 160
TABLE I

LisT oF MP3 FILES USED FOR TESTING THE ENCODER.

The coding results are provided in Table 2. The first two
columns of results in this table show coding results for the
coder with Uniform Block Sizes (UBS) compared with the
same coder using Non-Uniform Block Sizes {(NUBS).

The results are quoted in kilobytes (kb)} and are based
on file sizes. The percentage values quoted for average
compression are based on the ratio of the average size of
coded files to the average size of original files.

The best results are obtained from the coder with Non-
Uniform Block Sizes. This coder was able to compress
the MP3 files by an average of 12.2%. As expected, Non-
Uniform Block Sizes outperform Uniform Block Sizes. The
difference however is smaller than expected at only 1.1%.
This suggests that further gain from using Non-Uniform
blocks may be obtained by using an adaptive scheme to
adaptively find optimal block sizes.

In comparison, GZIP which is a general data compression
-utility can compress the MP3 files by an average of only
16%

We also note that the coding gains obtained for the
160kbps MP3 files and 128kbps MP3 files are quite simi-
lar. The average compression for the 160 kbps files is 11.9%
compared to 12.3% for the 128 kbps files.

VI, DisCuUssIiON

In this paper we have described a lossless coding tech-
nique for encoding MPEG-1 Layer III encoded bitstreams.
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MP3 Name UBS(kb) | NUBS(kb) | GZIP(kb)
Madonna 1 5677 5632 6329
Ottmar Leibert. 3425 3401 3679
Wamdue Project 7209 . 7110 7749
Sneaker Pimps 4129 3041 4534
Madonna 2 5677 5632 6329
Breakbeat Era 5562 5488 . 6132
Portishead 5221 5187 5764
Average Compression 11.1% 122% | 1.6% 1
TABLE II

CODING RESULTS AND COMPARISON

It was demonstrated that it is possible to achieve addition-
al coding gain by exploiting intraband redundancies within
the MPEG-1 Layer IIT frequency lines.

Considering the complexity of the proposed coder, the re-
ported coding gains of around 12% (for Non-Uniform Block
Sizes) are quite modest. However, it can serve as a basis
for future work in"this direction. :

The coding gain obtained from the adaptive arithmetic
coding of blocks of subband samples is largely offset by
the need to transmit the source model for each block. It
may however be possible to reduce this overhead by using
a finite set of codebooks in the manner described by the
authors in {7)].

In this paper, we highlight a very specific case of how
the use of larger frames can improve coding performance.
The MPEG-1 Layer III standard, uses small frames which
reduce the memory requirements of the decoder and make
it snitable for a wide variety of applications. However, we

believe that the huge demand for transmission of encoded -

andio over the Internet warrants the development of better
coding schemes which cater specifically for this application.
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