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This paper presents a study of the Modified Discrete Cosine Transform (MDCT) and its implications for audio coding
and error concealment from the perspective of Fourier frequency analysis. A relationship between the MDCT and DFT
via Shifted Discrete Fourier Transform (SDFT) is established, which provides a possible fast implementation of MDCT
employing an FFT routine. The concept of Time Domain Alias Cancellation (TDAC), the symmetric and non-
orthogona properties of MDCT are analyzed and illustrated with intuitive examples. This study gives some new
insights for innovative solutions in audio codec design and MDCT domain audio processing such as error conceal ment.

INTRODUCTION

With rapid deployment of audio compression
technologies, more and more audio content is stored and
transmitted in compressed formats. The Internet
transmission of compressed digital audio, such as MP3,
has already shown a profound effect on the traditional
process of music distribution. Recent developments in
this field have made possible the reception of streaming
digital audio with handheld network communication
devices, for example.

Signal representation in the Modified Discrete Cosine
Transform (MDCT) domain has emerged as a dominant
tool in high quality audio coding because of its special
properties: in addition to the energy compaction
capability similar to DCT, MDCT simultaneously
achieves critical sampling, reduction of block effect and
flexible window switching.

In applications such as streaming audio to handhold
devices, it is often necessary to have fast
implementations and optimised codec structures. In
certain situations it is aso desirable to perform MDCT
domain audio processing such as error concealment
which mitigates the degradation of subjective audio
quality. These are motivations for us to conduct this
study.

The MDCT uses the concept of time domain aias
cancellation [1][2], while the Quadrature Mirror
Filterbank (QMF) uses the concept of frequency domain
dias cancellation [3]. This can be viewed as the duality
of MDCT and QMF. However, it should be noted that
MDCT aso cancels frequency domain aliasing, while
the QMF does not cancel time domain aiasing. In other

words, MDCT is designed to achieve perfect
reconstruction, while QMF is not.

Before the introduction of MDCT, transform based
audio coding techniques used DFT and DCT with
window functions such as rectangular and sine-taper
functions. However, these early coding techniques have
failed to fulfil the contradictory requirements imposed
by high-quality audio coding. For example, with a
rectangular window the analysig/synthesis system is
critically sampled, i.e, the overal number of the
transformed domain samples is equal to the number of
time domain samples, but the system suffers from poor
frequency resolution and block effects, which are
introduced after quantization or other manipulation in
the frequency domain. Overlapped windows alow for
better frequency response functions but carry the
penalty of additional values in the frequency domain,
thus not critically sampled. MDCT is currently the best
solution, which has satisfactorily solved the paradox.
The concept of the window switching was introduced to
tackle possible pre-echo problems in the case of
insufficient time resolutions [4]. Nevertheless, it is
worth mentioning that the mismatch between the
MDCT and DFT based perceptual model of human
auditory systems could still be behind certain coding
artefacts at low bitrates [5].

The complex version of the MDCT has been
investigated in [6][7][8] in terms of filterbank theory.
Our research has approached the problem from a
different perspective: Fourier spectrum analysis. We
hope that the study presented in this paper can not only
provide an intuitive tutorial in the concept of MDCT
and TDAC, but aso some stimulation for innovative
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solutions in applications such as MDCT domain audio
processing and error conceal ment.

This paper is organised as follows. A relationship
between the MDCT and DFT via SDFT is established in
section 1. The symmetric property of MDCT and the
TDAC concept are illustrated in section 2. The non-
orthogonal property of MDCT is then discussed in
section 3. The implications for audio coding and error
concealment are outlined in section 4. Finally, section 5
concludes the paper with some discussions.

1 THEINTERCONNECTION BETWEEN
MDCT, SDFT AND DFT

The direct and inverse MDCT are defined as [1][2]:

a, = ”\‘Zlak Cosé-[ (k + (N +1’)\fz)(r +]/2)D (1)
r= 0 N-1

L2\ 0 (k+(N+1)/2)r +1/2)0

a, "N 2 a, cosgr N E 2
k=0,.,2N -1

where a, = ha, isthewindowed input signal, a, isthe
input signal of 2N samples. h, is awindow function.

We assume an identical anaysis-synthesis time
window. The constraints of perfect reconstruction are

[el[8]:

h = hZNflfk (3)

k
h?+h2, =1 4

A sine window is widely used in audio coding because
it offers good stop-band attenuation, provides good
attenuation of the block edge effect and allows perfect
reconstruction. Other optimised windows can be applied
aswell [6]. The sine window is defined as:

h, =sin[rt (k +1/2)/2N] ®)
k=0,..,2N -1

a.in (2) are the IMDCT coefficients of a,, which
contains time domain aliasing:

5 =EE*_5“'H’ k=0,.,N-1 ©
“ A tfan.o K=N,.2N-1

The relationship between MDCT and DFT can be
established via Shifted Discrete Fourier Transforms
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(SDFT). The direct and inverse SDFTs are defined as
[13]:

2N-1

SDFT,, =a'" = Z a, expli2rr{k +u)r +v)/2N],  (7)

ISDFT, =" :%Zga,“'”exd—izﬂkw)(r +)i2N, ©®

where u and v represent arbitrary time and frequency
domain shifts respectively. SDFT is a generalization of
DFT that allows a possible arbitrary shift in position of
the samples in the time and frequency domain with
respect to the signal and its spectrum coordinate system.

We have proven that the MDCT is equivaent to the
SDFT of amodified input signal [10][11].

a, = %ZNZék eXpD (k+(N+1)2)r +1/2)0 ©

m
K N
The right side of (9) is SDFT,,.,,,,.,, of the signal &,

formed from the initial windowed signal a, according
to (6).

Physical interpretation of (6) is straightforward. MDCT
coefficients can be obtained by adding the
DFT, coefficients of the initial windowed

(N+1)/2,1/2

signal and the dias.

For real-valued signals, it is quite straightforward to
prove that MDCT coefficients are eguivalent to the real
part of SDFT, of theinput signal. That is

(N+1)/2,1/2

a = real{s:)FT(N+1)/2,1/2(ak)} (10)

With reference to (6)(9) and Figure 1(f), the aias is
added to the original signal in such a way that the first
half of the window (the signal portion between points A
and B) is mirrored in the time domain and then inverted,
before being subsequently added to the original signal.
The second half of the window (signal portion between
points B and C) is aso mirrored in the time domain and
added to the original signal.

From (1)(2)(6)(9) and Figure 1(f) we can see that, in
comparison with conventional orthogonal transforms,
MDCT has a special property: the input signal cannot be
perfectly reconstructed from a single block of MDCT
coefficients. MDCT itself isalossy process. That is, the
imaginary coefficients of the SDFT. 1212 ae lost in
the MDCT transform, which is equivaent to a
decimation operation. Applying a MDCT and then an
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IMDCT converts the input signal into one that contains
a certain twofold symmetric aias (see (6) and Figure
1(f)). The introduced alias is cancelled in the overlap-
add process to achieve perfect reconstruction (see
Figure 2).

The formulation in (9) is different in comparison with
the Odd-DFT concept discussed in [6]. The Odd-DFT is
SDFT, ,, of theinitial windowed signal a, .

The SDFT ..., Can be expressed by means of the
conventional DFT as:

] k+ N+1)/2)(r+1/2)[|

Z’akepoZH
:ggékexpﬁ 4‘:\]%;)(271;\‘)@ p@zn’\'”)r%(,ﬁ N+1E (11

To the right side of (11), the first exponentia function
corresponds to amodulation of &, that resultsin asignal

spectrum shift in the frequency domain by %2 of the
frequency-sampling interval. The second exponential
function corresponds to the conventional DFT. The third
exponential function modulates the signal spectrum that
isequivalent to asigna shift by (N+1)/2 of the sampling
interval in the time domain. The fourth term is a
constant phase shift. Therefore, SDFT, is the

(N+1)/21/2
conventional DFT of this signal shifted in the time
domain by (N+1)/2 of the sampling interval and
evaluated with the shift of % the frequency-sampling
interval. This formulation provides one possible fast
implementation employing an FFT routine.

2 SYMMETRIC PROPERTY OF THE MDCT
AND THE CONCEPT OF TIME DOMAIN
ALIASCANCELLATION

2.1 Symmetric Property of the MDCT
SDFT \.y,,.,, COEfficients exhibit symmetric properties:

q ez - (_1)N+1(a(N+1)/2.1/2)D (12)

2N-r-1

where [ isthe complex conjugate of the coefficients.
Similarly, MDCT coefficients exhibit symmetric
properties.

Aoy = (_1)N+1ar (13)
whereby, the MDCT coefficients are odd symmetric, if

N is even, which is normally the case in audio coding
applications.
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The relationship between MDCT and SDFT, N is even
T T T T T T

sk 4
Original signal

0 5 10 15 20 25 30 35

Aliasing signal

Original signal + aliasing signal

0 5 10 15 20 25 30 35

Figure 1. lllustration of the interconnection between

MDCT and OF Twwwnr22 (2 an artificial time domain

signal of 36 samples; (b) DF Ty 22 coefficients of

the signal in (a); (c¢) Thetime domain dlias; (d)

DFTwnranz goefficients of the alias, where the solid

lines are the real parts, the dotted lines are the imaginary
partsin both (b) and (d); (€) MDCT coefficients of the
time signal in (a), where the dotted line is odd
symmetric to the solid line, and thereforeit is
redundant; (f) the alias embedded time signal.

We have proved that:

IMDCT(a )_ IS:)FT(NH)/ZUZ(G ) (14)
r=0,..,2N-1

Due to the decimation of MDCT, we have N
independent frequency components. That is, if we want
to implement IMDCT using ISDFT, it is necessary to
apply the symmetric property of MDCT in order to have
2N dependent frequency components to the ISDFT
routine as shown in Figure 1(€).
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In order to illustrate the symmetric properties of MDCT
and the interconnection between MDCT and

SDFT .20/, 1N @0 intuitive way, we have employed
an artificial time domain signals (N=18) as shown in
Figure 1(a). The SDFT, coefficients of the

(N+1)/21/2
original signal are shown in Figure 1(b). The time
domain dias is illustrated in Figure 1(c). Its
SDFT \.y/,./, COefficients are presented in Figure 1(d).

In Figure 1(b, d) the solid lines are the real parts, the
dashed lines are the imaginary parts. The MDCT
coefficients are shown in Figure 1(e). They are
equivalent to the real parts of the3DFT,

(N+1)/21/2
coefficients of the original signals in Figure 1(a). The
dashed line in Figure 1(e) is odd symmetric to the solid
line and the dashed line represents the redundant
coefficients, which are left out in the MDCT definition.
The alias-embedded time signa is presented in Figure
1(f). It equals the IMDCT of the MDCT coefficients
scaled by factor two. A rectangular window is used here
for clarity.

2.2 Intuitiveillustration of the Concept of Time
Domain Alias Cancellation (TDAC)

Based on (1) (2) (6) (9), we have used asimilar artificial
time domain signa as in Figure 1(a) to illustrate the
Time Domain Aliasing Cancellation (TDAC) concept in
an intuitive way. The artificial signal of 54 samples is
shown in Figure 2(a). The MDCT coefficients of the
signa in Window 1 are shown in Figure 2(b). For
illustration of the concept, a rectangular window is
employed. Due to the 50% decimation in MDCT (from
2N time domain samples in Figure 2(@ to N
independent frequency domain coefficients in Figure 2
(b)), the dias is introduced. This is illustrated in Figure
2(c). The IMDCT introduces redundancy (from N
frequency domain coefficients in Figure 2(b) to 2N time
domain samplesin Figure 2(c)). The MDCT coefficients
of the signal in Window 2 are presented in Figure 2(d).
The corresponding IMDCT time domain signal is
shown in Figure 2(e). If the overlap-add procedure is
performed with Figure 2(c) and (e), perfect
reconstruction (PR) of the origina signal in the
overlapped part (between points B and C) can be
achieved.

It is clear that one cannot achieve perfect reconstruction
(PR) for the first half of the first window and the second
half of the last window as indicated in Figure 2.
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lllustration of MDCT, Overlap—Add Operation and Time Domain Alias Cancellation
T
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Figure 2. lllustration of the MDCT, overlap-add (OA)
procedure and the concept of the Time Domain alias
cancellation (TDAC). (8) An artificial time signal,
dashed lines indicating the 50% overlapped windows;
(b) MDCT coefficients of the signal in Window 1; (c)
IMDCT coefficients of the signal in (b), the dliasis
shown by markers on the ling; (d) The MDCT
coefficients of the signal in Window 2; (e) IMDCT
coefficients of the signal in (d), the alias shown by
markers on the ling; (f) The reconstructed time domain
signal after the overlap-add (OA) procedure. The
origina signal in the overlapped part (between points B
and C) is perfectly reconstructed.

In order to illustrate the TDAC concept during the
window switching specified in the MPEG AAC
ISO/IEC standard [9], we define two overlapping
windows with window functions h, and g,. The

conditions for perfect reconstruction are [4]:

Ry Doy = 90 MOy (15)
hew +0¢ =1 (16)
Using (6) one can easily see one of the important
properties of MDCT: the time domain alias in each half

of the window is independent, which allows adaptive
window switching [4]. The TDAC concept during
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window switching in MPEG AAC is illustrated in
Figure 3.

Window Switching and Time Domain Alias Cancellation
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Figure 3. TDAC in the case of window switching. (@)
four types of window shape in MPEG-2 AAC indicated
with WO0,..W3; (b) window function in the long window

(solid line), time domain alias (thin dashed line), time

domain alias after weighting with the window function
(thick dashed line); (c) window function in the transition
window (solid line), time domain alias (thin dashed
line), time domain aias after weighting with the
window function (thick dashed line); (d)(e) window
function in the short window (solid line), time domain
alias (thin dashed line), time domain alias after
weighting with the window function (thick dashed line).

3 NON-ORTHOGONAL PROPERTY OF THE
MDCT

3.1 Observation from a single transform block

If asignal exhibitslocal symmetry such that
0a=a,,, k=0,..,N-1

D~ak_ i k-1 - (17)
B =3, K=N,.2N-1
its MDCT degenerates to zero: a,=0 for
r =0,..,N-1. This property follows from (6). This is
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an example to show that MDCT does not fulfil
Parseval’s theorem, i.e. the time domain energy is not
equal to the frequency domain energy (see Figure 4).

If asignal exhibitslocal symmetry such that

=-a

o)

k=0,.,N-1
: (18)
k=N,..2N -1

k N-k-17

k a3N—k—1 ’

[
[

MDCT and IMDCT of a single transform block will
perfectly reconstruct the original time domain samples.
This property also follows from (6).

Frame 1 Frame 2 Frame 3
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Figure 4. lllustration of signal analysis/synthesis with
MDCT, overlap-add procedure and perfect
reconstruction of time domain samples. (a) a
phase/frequency-modulated time signal; (b)(d)(f)
MDCT spectrain different time dots, indicated as
frames 1, 2, 3in (a); (c)(e)(g) reconstructed time
domain samples (with IMDCT) of frames 1, 2, 3
respectively; (h) the reconstructed time samples after
the overlap-add procedure.

In order to illustrate that MDCT does not fulfil
Parseval’s theorem in an intuitive way, we have
designed a phase/frequency-modulated time signal in
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Figure 4(a), which has two different frequency elements
with the duration of half of the frame size (frame size =
512 samples). Dashed lines in Figure 4 (@) illustrate the
50% window overlap. However, MDCT spectra of
different time dots in Figures 4(b)(d)(f) are calculated
with rectangular windows for the purpose of illustration.
The IMDCT time domain samples of frame 1, 2, 3 are
shown in Figures 4(c)(e)(g) respectively. The
reconstructed time domain samples after overlap-add
(OA) procedure is shown in Figure 4(h). With frame 2
the condition in (17) holds, and the MDCT coefficients
are al zero. Nevertheless, the time domain samples in
frame 2 can still be perfectly reconstructed after the
overlap-add procedure. With frame 3 the condition (18)
holds, and the origina time samples are perfectly
reconstructed even without overlap-add procedure.
These are, of course, very special occurrences, which
arerarein real life audio signals, especially after proper
windowing such as a sine window. If the signal is close
to the condition in (17) however, MDCT spectrum will
be very unstable in comparison with DFT spectrum. In
this case, using the output of the DFT based
psychoacoustic model to quantise MDCT coefficients
could cause certain coding artefacts. Thisis a limitation
of MDCT.

3.2 Observation from multiple transform blocks

Asin (19), the matrix of the MDCT for transforming 2N
input samples to N spectral components is of size

N x 2N and therefore cannot be orthogonal. However,
the underlying basis functions of MDCT (corresponding
to the rows of the matrix) are orthogonal.

Dpl,l pl,Z p1,3 D D D D p1‘2N |:|

O O
pP= DpZ,l pz,z pz,3 goon p2‘2N O
0o g 0O oooo oo

O 0
BPvi Pu. Pve OO0 D PGB

(19)

In the case of a continuous input stream X, a block-
diagona matrix T can be made of MDCT matrices P
on the diagonal and zeros elsawhere (see (20)). This
block-diagonal matrix T for  transforming
(n +1)EN input samplesto N[N spectral componentsis

of size (n EN)X[(n +1) EN]. T becomes an orthogonal
and square matrix if n - oo .

o

[ |

(20)

X
:|
=

X
2
1
@DDDDD%
o

PH
(e
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where x is the input vector of the signal, X is the
output vector of the MDCT coefficients. The
orthogonality of T implies

T OT=TO" =I (21)

However, in the case of finite-length input signals, T is
not anymore orthogonal. In order to illustrate this
scenario in an intuitive way, let us observe a simple
example with N=2 and n=5. In this case, the block-
diagonal matrix appears as follows:

3N/2=3
g e W ~
P
' 0
: P
T = P
F)
0
: P
N R ) 10x12
(22)
That is,
01 oo 0 ]
Ho 1 o (23)
] a og ]
L b :
O o oo O
TO" = =1
0 0 5
] a oo ]
O O
0 CIE S
0, a o
B [ 1
and
005 050 o & (24)
Hos osf g
u] o 0
g b 1f 0
a 1% a
e 1
T U"E o oD E
0 01 0
: 28 o
1
B 0 05 045[5
A fos osH]

Itis clear from (24) that the matrices of the first and last
blocks are not unit matrices, though this usually does
not pose a serious problem in audio coding applications.
However, one should keep this effect in mind when
manipulating audio signals in the compressed domain,
such as editing, error concealment, etc.
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With a regular block transform, we simply require that
the number of samplesin the signal is a multiple of the
block size N. With MDCT, however, we need a dight
modification in the computation of the transforms of the
first and last blocks. Otherwise, the corresponding
MDCT basis function would extend outside the region
of support of the signal [8].

For a finite-length input vector, the infinite matrix T in
(20) would be replaced by the finite matrix

P, 00

] ]

U] P U] (25)
T=0 ]

U] U]

0 PO

g) Pb aw Pe(nv)

Matrices of the first and last blocks are denoted as P,
and P, respectively. The block-diagonal matrix T
becomes square only after some special handling of P,
and P,, which would generate basis functions of length
3N/2, because there can be no overlapping outside the

signal region of support [8]. N is an even number. After
this handling, the dimension of both P, and P,

becomes NxBNF as illustrated in (22), thus T
02cC

becomes a sguare matrix as shown in (25). It
corresponds to the square matrix shown in dashed line
in (22).

This has some implications for practical applications
such as MDCT domain error concealment, which is
discussed in the following section.

4 |IMPLICATIONSFOR AUDIO CODING AND
ERROR CONCEALMENT

4.1 MDCT based Audio Coding

An important implication of (10) is that MDCT can be
implemented via a SDFT. That is, the complex
frequency domain values required in the psychoacoustic
model and the MDCT values could be calculated from
the same set of computation, thus reducing the
computational complexity of the encoder.

The quantizer connects the MDCT and the DFT based
psychoacoustic model, which could present a mismatch
problem. This MDCT-DFT mismatch problem can be
illustrated with a practical example of an MP3 audio
coder. The output of a psychoacoustic model is the
signal-to-masking ratio (SVIR) calculated in the DFT
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domain. The maximal inaudible quantization error (EN)
is calculated according to

EN =_E5 (26)
SR

where ES is the MDCT domain signal energy. Using a
sinusoid as a test signal, the SMR is stable over time
because DFT is an orthogonal transform. However, ES
can fluctuate over time because MDCT does not obey
Parseval's theorem, thus causing an undesirable
fluctuation of the EN over time. This phenomenon is
referred to as the MDCT-DFT mismatch phenomenon.
This could lead to coding artifacts.

4.2 MDCT Domain Error Concealment

In the transmission of compressed audio, one of the
most significant challenges today is the need to handle
errorsin lossy channels.

Error concealment is usually referred as the last resort to
mitigate the degradation of audio quality in rea-time
streaming applications.

For speech communications in a packet network, the use
of repetition is recommended as offering a good
compromise between achieved quality and excessive
complexity [15]. However, simple repetition can pose
problems in streaming music, which often contains
percussive sounds such as drumbeats.

If a drumbeat is replaced with other signals such as
singing from the neighbouring packet, the drumbeat is
simply eliminated. On the other hand, if the drumbeat is
copied to its following packet, it may result in a
subjectively very annoying distortion defined as a
double-drumbeat effect. The degree of annoyance of the
double-drumbeat effect depends on the time-frequency
structure of the drumbeat. And it also depends on the
distance between the origina drumbeat and that
generated due to packet repetition [16].

Due to the non-orthogonal property of MDCT, the
repetition violates the TDAC conditions. Consequently,
the alias distortions in the overlapped parts cannot
cancel each other out (see Figure 5). However, the
MDCT window functions enable a natural fade-in and
fade-out in the overlap-add operation in the time
domain. The un-cancelled alias is normally not
perceptible if the signal is stationary and the lost data
unit is short enough.
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(n-1) th

(n+2) th

Figure 5. Illustration of a special problem with
repetition schemein the MDCT domain. Shaded
rectangles represent corrupted data units. Blank
rectangles represent error-free ones. Dashed lines
indicate the window shape. The arrows indicate packet
repetition operations. Heavily shaded rectangles
represent the un-cancelled alias. n is an integer number
that represents the data unit index.

Another potential problem is that simple repetition does
not consider the window switching commonly used in
state-of-the-art audio codecs. Therefore, it leads to a
possible window type mismatch phenomenon, which is
illustrated with the help of Figure 6.

Window switching is an important concept to reduce
pre-echo in an MDCT based audio codec such as MP3
and AAC. Both MP3 and AAC use four different
window types: long, long-to-short, short and short-to-
long which are indexed with O, 1, 2, 3 respectively. The
short window is introduced to tackle transient signals
better. 50% window overlap is used with the MDCT.

(n-1) th

(n+1) th

(n+2) th

Figure 6. An example of the window type mismatch
problem

If the two consecutive short window frames indexed as
22 in awindow-switching sequence of 1223 arelostin a
transmission channel, it is easy to deduce their window
types from their neighbouring frames. This information
could be used in error concealment [16]. However, if we
disregard the window-switching information available
from the audio bitstream and perform simple repetition,
it could result in window-switching patterns of 1113
(see Figure 6). In this case, not only are the TDAC
conditions violated in the window overlapped areas, but
aso we will have some undesired energy fluctuation,
since the squares of the two overlapping window
functions do not add up to a constant [4]. This may
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create annoying artifacts. This phenomenon is defined
as window type mismatch phenomenon.

In order to enhance coding efficiency, the state-of-the-
art audio coding techniques tend to use longer transform
block length, eg., 1024 MDCT coefficients in AAC
versus 576 MDCT coefficients in MP3. For the same
reason, AAC tends to use less window-switching than
MP3. As a result, a significant amount of transient
signals such as beats are still coded with long window
(2048 PCM samples) in an AAC encoder according to
our examinations of AAC bitstreams. The reduced time
resolution increases the effect of double-drumbeat
problems, if using simple repetition or drumbeat
replacement [16]. Figure 7 illustrates potential problems
with our previous method described in [16], if the
locations of the original beat and the replacement beat
are not consistent.

Frame n-1 Frame n Frame n+1

_.--""TAlias 1 ! Beatl
A -

Figure 7. lllustration of the possible quadruple-
drumbeat problem in the case of beat replacement when
using along MDCT transform block.

It is impossible to solve the problem with the time
resolution of the AAC frame length (2048 samples).
However, if the beat detection is performed with an
increased time resolution as illustrated in Figure 8, we
will have a better chance to tackle the double/quadruple
drumbeat problem.

In order to increase the time resolution of the beat
detector, we perform a paralel signal analysis with the
short windows, whose time resolution is improved by
factor of 8 as shown in Figure 8. In this case, we will
know the more precise position of a beat within each
frame. If the sampling frequency is 44.1 kHz, the
origina time resolution is about 23 ms, the improved
time resolution is about 3 ms, which is close to the time
resolution of the human ear [17]. With the improved
time resolution, we not only know the more precise
location of the beat, but also the location of its alias
according to the symmetric property of MDCT. With
this information we can boost the desired beat and
attenuate the undesired ones accordingly in order to
improve the performance of the error concealment
method in [16]. A detailed description of the new
method will be published elsewhere.
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Figure 8. Illustration of the improved time resolution of
the beat detector. The 8 dots represent the central
position of each short window, which indicate the finer
time grids.

5 DISCUSSION

This paper has presented a study of the Modified
Discrete Cosine Transform (MDCT) and its
implications for audio coding and error concealment
from the perspective of Fourier frequency analysis.

Some remarks on MDCT based on our study:

e MDCT becomes an orthogonal transform, if the
signal length is infinite. This is different from the
traditional  definition of orthogonality, which
requires a square transform matrix.

e The MDCT spectrum of a signa is the Fourier
spectrum of the signal mixed with its dias. This
compromises the performance of MDCT as a
Fourier spectrum analyser and leads to possible
mismatch problems between MDCT and DFT
based perceptual models. Nevertheless, MDCT has
been successfully applied to perceptual audio
compression without major problems if a proper
window such as a sine window is employed.

e The TDAC of an MDCT filterbank can only be
achieved with an overlap-add (OA) process in the
time domain. Although MDCT coefficients are
quantized in an individual data block, it is usually
analyzed in the context of a continuous stream. In
the case of discontinuity such as editing or error
concealment, the aliases of the two neighboring
blocks in the overlapped area are not able to cancel
each other.

e MDCT can achieve perfect reconstruction only
without quantization, which is never the case in
coding applications. If we model the quantization
as a superposition of quantization noise to the
MDCT coefficients, then the time domain alias of
the input signa is still cancelled, but the noise
components will be extended as additional “noise

The Modified Discrete Cosine Transform, Coding and Error Conceal ment

dias’. In order to have 50% window overlap and
critical sampling simultaneously, the MDCT time
domain window is twice as long as that of ordinary
orthogonal transforms such as DCT. Because of the
increased time domain window length, the
guantization noise is spread to the whole window,
thus making pre-echo more likely to be audible.
Well-known solutions to this problem are window
switching [4] and temporal noise shaping (TNS)
[14].

* In very low bitrate coding, the high frequency
components are often removed. This corresponds to
a very steep lowpass filter. Due to the increased
window size, the ringing effect caused by high
frequency cutting islonger.

Two cases of applications are studied: MDCT domain
audio coding and error concealment. Some challenges
are presented with possible solutions.
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