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ISO-MPEG-1 Audio: A Generic Standard for Coding
of HighQuality Digital Audio*

KARLHEINZ BRANDENBURG, AES Fellow

FhG—lIS, Erlangen, Germany

AND

GERHARD STOLL

Institutfiir Rundfunktechnik, Munich, Germany

Coauthors:

Yves—Frang:ois Dehéry, C.C.E.T. T, France

James D. Johnston, AES Member, AT&T, Bell Laboratories, USA
Leon v.d. Kerkhof, Philips, Netherlands

Ernst F. Schréder, AES Member, Thomson Consumer Electronics, Germany

The standardization body ISO/IEC/JTC1/SC29/WG1l (Moving Pictures Expert Group,
MPEG) was drafting a standard for compressing the high bit rate of moving pictures and
associated audio down to 1.5 Mbit/s. The audio part of the proposed standard is described.
Three layers of the audio coding scheme with increasing complexity and performance
were defined. These layers were developed in collaboration mainly with AT&T, CCETT,
FhG/University of Erlangen, Philips, IRT, and Thomson Consumer Electronics. The

generic coding system is suitable for different applications, such as storage on inexpensive
storage media or transmission over channels with limited capacity (such as digital audio
broadcasting or ISDN audio transmission).

0 INTRODUCTION

The necessity to specify a generic Video and audio

coding scheme for many applications dealing with digi-
tally coded video and audio and requiring low data rates

has led the ISO/IEC standardization body to establish

the ISO/IEC JTC 1/SC29/WG1 1 , called MPEG (Moving
Pictures Experts Group). This group had the task to

compare and assess several digital audio low-bit-rate
coding techniques in order to develop an international

standard for the coded representation of moving pic-
tures, associated audio, and their combination when

used for storage and retrieval on digital storage media

* Presented at the 92nd Convention of the Audio Engi-
neering Society, Vienna, Austria, l992‘Ma_rch.24-27; revised
1994 July 15. .
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(DSM). The DSM targeted by MPEG include CD-ROM,

DAT, magneto—optical disks, and computer disks, and
it is expected that MPEG-based bit-rate reduction tech-

niques will be used in a variety of communication chan-
nels such as ISDN and local area networks and in broad-

casting applications. The international standard ISO/IEC

11172 “Coding of Moving Pictures and Associated

Audio for Digital Storage Media at up to about 1.5 Mbit/s”
was finalized in November 1992 and consists of three

parts: system, video, and audio [1]. The system part

(11172-1) deals with synchronization and multiplexing
of audio—visual information, whereas the video (11172-

2) and audio (11172-3) parts address the video and the

audio bit-rate reduction techniques, respectively. This
standard is also known as the MPEG-1 standard.

MPEG-2 Audio is the consequent extension from two

to five audio channels providing backward compatibility

J. Audio Eng. Soc., Vol. 42, No. 10, 1994 October
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to MPEG-1. The main aspects are high quality of five

( + 1) audio channels, low bit rate and backward compat-

ibility—-the key to insuring that existing 2-channel de-
coders will still be able to decode compatible stereo

information from five (+ 1) multichannel signals.

This standard, which is expected in November 1994,
is based on standards and recommendations from inter-

national organizations such as_ ITU-R, SMPTE, and
EBU. International standardization bodies will insure

the highest audio signal quality by extensive testing.“

For audio reproduction the loudspeaker positions left,

center, right, left and right surround are used, according
to the 3/2-standard.

1 STANDARDIZATION AND QUALITY

ASSESSMENTS WITHIN MPEG-1 AUDIO

Since 1988 ISO/MPEG has been undertaking the stan-

dardization of compression techniques for video and as-

sociated audio. The main topic for standardization in

MPEG was video coding together with audio coding
for DSM. On the other hand the audio coding standard

developed by this group was the first international stan-
dard in the field of digital audio compression and is

expected to be followed in different applications. Beside
several subgroups such as video, system, test, imple-

mentation, requirement, and DSM, the audio subgroup

of MPEG had the responsibility for developing a stan-

dard for coding of PCM audio signals with sampling

rates of 32, 44.1, and 48 kHz at bit rates in a range of

32-192 kbit/s per mono and 64-384 kbit/s per stereo

audio channel. The operating modes are

- Single channel

* Dual channel, like bilingual
- Stereo

0 Joint stereo (combined coding of left and right chan-

nels of a stereophonic audio program)

Table 1 gives a short general View of the milestones

of the MPEG-AUDIO group. This group asked for pro-

posals for the audio coding standard in mid-1989, and 14

proposals were submitted for this purpose. The original

proposals were grouped into four clusters according to
algorithmic similarities. The clustered candidate algo-
rithms were called ASPEC, ATAC, MUSICAM, and
SB/ADPCM.

A number of subjective tests were performed [2]—[4]

since mid-1990 to assess the audio quality of the ISO/

MPEG/Audio coding standard. During this time period

several improvements have been made to meet the pres-

ent audio quality. The important milestones in the devel-

opment of the standard have been the official tests orga-

nized by the Swedish Broadcasting Corporation in

Stockholm under the auspices of ISO and EBU. In July

1990 large listening tests and objective evaluations, such

as basic audio quality at different bit rates, sensitivity to
transmission bit errors , encoder and decoder complexity ,

and coding delay, were performed-jon prototype real-
time implementations of the four clustered algorithms.

J. Audio Eng. Soc., Vol. 42, No. 10, 1994 October

CODING OF HIGH-QUALITY DIGITAL AUDIO

Both the ASPEC and MUSICAM proposals have shown

a very high subjective quality at bit rates of about 100
kbit/s per channel. .

Due to the result that the proposals of the ASPEC

and MUSICAM groups have been subjectively nearly

equally rated, and were judged relatively close in their

overall performance, the official decision was as fol-
lows [5]:

.1 . . the MPEG standardization committee decided to

approve a collaborative development of the draft audio I
coding standard between the ASPEC and MUSICAM

groups, because the ASPEC codec was slightly superior
with respect to the audio quality, especially for lower
bit rates (64 kbit/s/channel), and the MUSICAM codec

was slightly superior with respect to implementation
complexity and decoding delay. The decision was that
MUSICAM should be the basis for the low-complexity

first layer, and algorithmic refinements including contri-
butions of ASPEC should be used in the subsequent

layers.

Table 1. Milestones of ISO/MPEG—Audio group during the
development of audio part of the International Standard 11 172.

Date Activities

1988 December

1989 January to 1990 March

First audio meeting in
Hanover

Preparation of tests
1989 May Determining requirements and

weighting procedure
1989 June Proposal of 14 algorithms to

be tested

Clustering of proponents into
four groups

Detailed description of four
clustered proposals:
ASPEC, ATAC,
MUSICAM, and
SB—ADPCM

Exchange of tapes with coded
audio sequences between
four clusters

Subjective and objective tests
at SR, Stockholm

Presentation of results and
decision to follow a layer
concept

First draft of part 3, “Audio
Coding” of International
Standard ISO 11172 was

prepared.
1991 May Verification of three layers by

" subjective testing, again at
SR in Stockholm

Layers I and II are frozen;
Layer III and ‘joint stereo
coding’ are still under
discussion

Second verification of Layer
III and first checking of
Joint Stereo Coding by
subjective testing at NDR
in Hanover

Draft of International

Standard (DIS) ready for
balloting at national
standardization bodies

International Standard ISOI
IEC 11172-3 accepted by
national standardizationbodies

1989 October

1989 December

1990 May

1990 June

1990 August

1990 December

1991 June

1991 November

1991 December

1992 November

781
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BFIANDENBUFIG AND STOLL

A three-layer coding algorithm has been defined. These
three layers were tested again in April 1991 by the Swed-
ish Broadcasting Corporation [3], and a last verification
test for the very low bit rate of 64 kbit/s/channel and
“joint stereo coding” was carried out by the University
of Hanover under the auspices of NDR in November
1991 [4]. In November 1991 the final proposal, consist-
ing of three modes of operation called “Layers,” was
adapted by ISO/MPEG [6].

2 BASIC STRUCTURE OF A GENERIC AUDIO
CODING SCHEME USING PERCEPTUAL
CRITERIA

The basic structure of a

scheme is shown in Fig. 1.

1) A time—frequency mapping (filter bank) is used
to decompose the input signal into subsampled spectral
components. Depending on the filter bank used, these
are called subband values or frequency lines.

2) The output of this filter bank, or the output of a
parallel transform, is used to calculate an estimate of the
actual (time—dependent) masking threshold using rules
known from psychoacoustics.

3) The subband samples or frequency lines are quan-
tized and coded with the aim of keeping the noise, which
is introduced by quantizing, below the masking thresh-
old. Depending on the algorithm, this step is done in
very different ways. The complexity varies from block
companding to analysis-=by-synthesis systems using ad-
ditional noiseless compression.

4) A frame packing is used to assemble the bit stream,
which typically consists of the quantized and coded
mapped samples and some side information, such as bit
allocation information.

Depending on the focus on either low frequency reso-
lution together with high time resolution or high fre-
quency resolution which leads to only limited time reso-
lution, the systems are usually called subband coders or
transform coders.

perceptual audio coding
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2.1 Filter Banks

The following list provides a short overview] over the
most common filter banks used for coding of high-qual-
ity audio signals:

1) QMF—Tree Filter Banks: Different frequency reso-
lution at different frequencies is possible. Typical QMF-
tree filter banks use from 4 to 24 bands. The computa-
tional complexity is high.

2) Polyphase Filter Banks: These are equally spaced
filter banks which combine the filter design flexibility
of generalized QMF banks with low computational com-
plexity [7]. It is possible to design the prototype filter
in a way that achieves both good frequency resolution
(stop-band attenuation better than 96 dB) and good con-
trol of possible time-domain artifacts. A polyphase filter
bank using 32 bands is used for Layers I and II of the
ISO/MPEG audio coder.

3) DFT, DCT with Sine-Taper Window: These were
the first transforms used in transform coding of audio
signals. They implement equally spaced filter banks with
128 -512 bands at a low computational complexity. They
do not provide critical sampling, that is, the number of
time—frequency components is greater than the number
of time samples represented by one block length. An-
other disadvantage of these transforms are possible
blocking artifacts.

4) Modified Discrete Cosine Transform (MDCT, us-
ing time-domain aliasing cancellation as proposed in
[8])2 This transform combines critical sampling with a
good frequency resolution provided by a sine window
(compared to a sine-taper window) and the computa-
tional efficiency of a fast FFT-like algorithm. Typically
128-512 equally spaced bands are used.

5) Hybrid Structures (such as polyphase and MDCT):
Using hybrid structures as first proposed in [9] it is
possible to combine different frequency resolutions
different frequencies with moderate implementation
complexity. A hybrid system consisting of a polyphase
filter bank and an MDCT is used in Layer III.

Digital Audio ISO/MPEG/AUDIO
3'9"“ (POM) Time Bitstream

Frequency - PFarE:‘:gMapping

(a)

Digital AudioISO/MPEG/AUDIO
Bitstream
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