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An Efficient Implementation of the Forward and
Inverse MDCT in MPEG Audio Coding

Vladimir Britanak and K. R. Rao

Abstract—The modified discrete cosine transform (MDCT)
is employed in subband/transform coding schemes as the
analysis/synthesis filter bank based on time domain aliasing
cancellation (TDAC). The most efficient implementation of the
forward and inverse MDCT computation for layer III in MPEG-1
and MPEG-2 international audio coding standards is proposed.
It is based on a new fast algorithm for the forward and inverse
MDCT computation in the oddly stacked system. The complete
signal flow graphs for the implementation of MDCT and inverse
MDCT in layer III are also provided.

Index Terms—Audio coding, modified discrete cosine transform
(MDCT), MPEG.

I. INTRODUCTION

T HE MODIFIED discrete cosine transform (MDCT) is em-
ployed in subband/transform coding schemes as the anal-

ysis/synthesis filter bank based on time domain aliasing can-
cellation (TDAC). Therefore, it is frequently called the “TDAC
transform” [1], [2]. The MDCT is the basic processing com-
ponent for high quality audio compression in the international
audio coding standards [7]–[10] and commercial audio coding
products [11], [12].

Generally, in almost all existing audio coding systems, the
fast MDCT computation is realized by the complex-valued or
real-valued FFT algorithms. The most efficient FFT-based al-
gorithm for the fast MDCT computation in terms of arithmetic
complexity has been developed by Duhamelet al. [3] and it has
been adopted in the current audio coding systems. Since this al-
gorithm has been formulated for data sequences with lengths

2 , it does not offer the possibility to derive an effi-
cient MDCT computation in layer III of MPEG-1 [7], [9] and
MPEG-2 [8], [9] audio coding standards, where the lengths of
data blocks are 2 . Layer III specifies two different MDCT
block sizes: a long block ( 36) and a short block ( 12).
The original ISO source code implements the MDCT as-is. This
requires for 36, 648 multiplications and 630 additions and
for 12, 72 multiplications and 66 additions.

Recently, a new fast algorithm for the forward and inverse
MDCT computation in the oddly stacked system has been pro-
posed. Detailed description of the algorithm can be found in
[4]. It is based on the DCT-II/DST-II [6] and their inverses,
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DCT-III/DST-III, and uses real arithmetic only. The general-
ized signal flow graph is regular, structurally simple and enables
to compute MDCT and its inverse in general for anydivis-
ible by 4 (see Figs. 1 and 2). This fact takes advantage of the
new algorithm in some real-time implementations of the MDCT
computation, where the length of a data block is not exactly a
power of two. In the specific case of 2 , 2, the al-
gorithm requires ( 4)( 1) multiplications and ( 4)(3
3) additions (IMDCT computation requires ( 4)(3 1) ad-
ditions only).

In this paper, the most efficient implementation of the MDCT
and inverse MDCT computation for layer III in MPEG-1 and
MPEG-2 international audio coding standards is proposed. It is
based on the new fast algorithm for the MDCT computation in
the oddly stacked system [4]. The complete signal flow graphs
for the implementation of MDCT and inverse MDCT in layer
III are also provided.

II. FAST MDCT/IMDCT COMPUTATION IN MPEG-1AND

MPEG-2 AUDIO

Let , 0, 1, , 1 represents a windowed input
data sequence. The MDCT and inverse MDCT (IMDCT) in
oddly stacked system are respectively defined as [1], [2]

(1)

(2)

The MDCT sequence (1) possesses the even antisymmetry prop-
erty given by

(3)

and hence, only 2 coefficients are linearly independent, re-
sulting in 2 unique MDCT coefficients. The notation in
(2) emphasizes fact that the recovered data sequence by the in-
verse transforms does not correspond to the original data se-
quence. In the context of TDAC analysis/synthesis filter banks,
the distorted sequence is said to be time-domain aliased [1],
[2].
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Fig. 1. Signal flow graph for the MDCT/IMDCT computation forN = 12.

Because both block sizes in layer III of MPEG-1 and
MPEG-2 are divisible by 4, the new fast algorithm for
oddly stacked system [4] can be adopted for the efficient
MDCT/IMDCT computation in the MPEG family. The
corresponding signal flow graphs for the MDCT/IMDCT
computation are shown in Figs. 1 and 2 for 12 and
36, respectively. Full lines represent transfer factor1, while
broken lines represent transfer factor 1 and represents
addition. It can be seen that for the fast MDCT computation
in layer III we need only efficient 3-point and 9-point DCT-II
and DST-II modules. Heideman [5] derived practical and
efficient short odd-length DCT-II prime factor modules from
corresponding DFT modules. Using a simple relationship
between the DCT-II and DST-II [6], the DST-II modules can
be easily obtained by simple modification of corresponding
DCT-II modules. For the DST-II computation, odd-indexed
samples are sign changed, and after the DCT-II computation,
the DST-II sequence is in reverse order as is required by the
new fast MDCT algorithm.

In the following, the efficient 3-point and 9-point prime
factor modules for the forward DCT/DST (DCT-II/DST-II)
and inverse DCT/DST (DCT-III/DST-III) computation are
presented. In order to unify all modules (forward and inverse),
one table of constants is specified and Heideman’s forward
3-point DCT module has been modified. Inverse DCT/DST
3-point and 9-point prime factor modules are originally derived.

Table of Constants for the Efficient 3-Point and 9-Point
DCT/DST Prime Factor Modules:

Forward 3-Point DCT/DST(DCT-II/DST-II) Module—2
Mults and 4 Adds:The input data sequence is ,
and the output data sequence is or

For DST-II:

For DCT-II:

Inverse 3-Point DCT/DST (DCT-III/DST-III) Module—2
Mults and 4 Adds:The input data sequence is
or , and the output data sequence is

For DCT-III:

For DST-III:

.

Forward 9-Point DCT/DST (DCT-II/DST-II)
Module—10 Mults and 34 Adds:The input data
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Fig. 2. Signal flow graph for the MDCT/IMDCT computation forN = 36.

sequence is and output data sequence is
or

For DST-II:

For DCT-II:
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Inverse 9-Point DCT/DST (DCT-III/DST-III) Module—12
Mults and 36 Adds:The input data sequence is

or , and the output
data sequence is

For DCT-III:

For DST-III:

Substituting the presented 3-point and 9-point DCT/DST prime
factor modules into the signal flow graphs in Figs. 1 and 2 re-
sults in the most efficient implementation of the MDCT/IMDCT
computation in layer III of MPEG-1 and MPEG-2 audio coding
standards. The final unique MDCT coefficients using the
even antisymmetry property (3) are

(4)

The IMDCT computation can be realized simply by reversing
the signal flow graphs for the forward MDCT computation and
performing inverse operations. The resulting computational
complexity for block size 12 is 13 multiplications
and 39 (33) additions and for block size 36 is 47 (51)
multiplications and 165 (151) additions.

III. CONCLUSIONS

The most efficient implementation of the MDCT/IMDCT
computation for layer III in MPEG-1 and MPEG-2 international
audio coding standards has been proposed. This implementation
is based on the new fast algorithm for the MDCT/IMDCT com-
putation in the oddly stacked system [4]. It is important to note
that the new fast algorithm for the MDCT/IMDCT computation
can also be easily adopted in other international standards and
commercial products such as the recently established MPEG-2
advanced audio coding (AAC) [10], Sony adaptive transform
acoustics coding (ATRAC) and ATRAC2 digital audio coding
systems, the perceptual audio coder (AT&T PAC) [11], and the
digital audio compression algorithm AC-3 [12].
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