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ABSTRACT
Contemporary perceptual audio coders, all of which apply

the modified discrete cosine transform (MDCT), with an over-
lap ratio of 50%, for frequency-domain quantization, provide
good coding quality even at low bit-rates. However, relatively
long frames are required for acceptable low-rate performance
also for quasi-stationary harmonic input, leading to increased
algorithmic latency and reduced temporal coding resolution.
This paper investigates the alternative approach of employing
the extended lapped transform (ELT), with 75% overlap ratio,
on such input. To maintain a high time resolution for coding
of transient segments, the ELT definition is modified such that
frame-wise switching between ELT (for quasi-stationary) and
MDCT coding (for non-stationary or non-tonal regions), with
complete time-domain aliasing cancelation and no increase in
frame length, becomes possible. A new ELT window function
with improved side-lobe rejection to avoid framing artifacts is
also derived. Blind subjective evaluation of the switched-ratio
proposal confirms the benefit of the signal-adaptive design.

Index Terms— audio coding, lapped transform, MDCT

1. INTRODUCTION

During the last 22 years, particularly since the development of
the MPEG-1 Layer 3 (MP3) and AC-3 (Dolby Digital) coders,
perceptual audio coding has relied exclusively on the modified
discrete cosine transform (MDCT), introduced by Princen et
al. [1, 2] and further investigated, under the name modulated
lapped transform (MLT), by Malvar [3], for waveform preser-
ving spectral quantization.The inverse of this transform, given
a length-M spectrum X ′i for frame index i, can be written as

x′i(n) =
2
M

M−1∑
k=0

X ′i(k) cos
(
π

M

(
n+

M+1
2

)(
k +

1
2

))
, (1)

with 0≤n<N andN being the window length. SinceM= N
2 ,

the overlapping ratio is 50%. In recent standards based on the
MPEG-2 Advanced Audio Coding (AAC) specification [4,5],
this concept has been extended to also allow parametric tools
such as noise filling in the MDCT domain. The new MPEG-H
3D Audio framework [6,7], for example, offers the following
functionality for semi-parametric transform-domain coding:

• noise filling of zeroed spectral lines above some frequency,
• stereo filling for semi-parametric joint-stereo coding [8,9],
• Intelligent Gap Filling (IGF) for bandwidth extension [10].

In [9], the combination of IGF and stereo filling, entitled
spectral band substitution (SBS) in [8], assisted by transform
kernel switching for input with non-trivial inter-channel phase
differences, was shown to deliver good audio quality for most
signals. On quasi-stationary harmonic segments, however, the
subjective performance was lower than that of the alternative
high-delay/complexity 3D Audio configuration using spectral
band replication (SBR) and “unified stereo” MPEG Surround
in a pseudo-QMF domain. An explanation for this behavior is
the higher frequency resolution of the MDCTs utilized in the
latter configuration: at the given output sample rate of 48 kHz,
the M-size core transforms operate on 24-kHz downsampled
downmix and residual signals, doubling the frame length.

SBS-based 3D Audio coding, due to its delay, complexity,
and temporal-resolution advantages [8], represents the variant
of choice at least for mono- and stereophonic signals, and it is
desirable to improve its design – while maintaining the frame
length – such that its performance can match that of the QMF-
based configuration even on single-instrument and other tonal
recordings. A viable solution for increased spectral efficiency
on quasi-stationary segments is the extended lapped transform
(ELT) proposed by Malvar [11,12], whose inverse (synthesis)
version is identical to (1), except that 0≤n<Lwith L≥ 4M.
Unfortunately, as will be shown in section 2, its overlap ratio
is at least 75% instead of the MDCT’s 50%, which often leads
to audible artifacts for transient waveform parts like drum hits
or tone onsets. Moreover, practical solutions for block length
switching between ELTs of different lengths – or between an
ELT and MLT – similarly to the technique applied in MDCT
codecs for precisely such transient frames, have not been pre-
sented (only theoretical work has been published [13–17]).

To address this shortcoming, section 3 proposes a simple
modification to the ELT formulation of (1), allowing perfectly
reconstructing transitions between transforms with 50% and
75% overlap ratio, along with a novel ELT window. Section 4
then introduces a signal-adaptive coding scheme applying the
switched-ratio principle. The designs and results of subjective
tests of this scheme, integrated into the 3D Audio codec, are
discussed in section 5. Finally, section 6 concludes the paper.
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2. PRINCIPLES OF LAPPED TRANSFORM CODING

The ELT, MLT, and MDCT, as indicated in section 1, can be
considered specific realizations of a general lapped transform
formulation, with (1) for the inverse and with 0 ≤ k <M and

Xi(k) =

L−1∑
n=0

xi(n) cs
(
π

M

(
n+

M+1
2

)(
k +

1
2

))
(2)

for the forward (analysis) case. Notice that the cos( ) function
has been replaced by placeholder cs( ) in (2) to stress that one
may also use the sin( ) function in (1, 2) to obtain sine modu-
lated forms like the modified discrete sine transform (MDST)
applied in the MCLT [18] and the authors’ prior work [8, 9].

To attain perfect reconstruction (PR) of input signal si(n)
after subjection to analysis and synthesis transforms (1, 2), at
least in the absence of spectral distortion e.g. by quantization
(indicated by a ′ in (1)), windows w(n) are used to weight the
L-size analysis input xi(n) = w(n) · si(n) as well as the syn-
thesis output ŝi(n) = w(n) · x′i(n). Since ŝi(n) exhibits time
domain aliasing (TDA) due to the critical-sampling property
of lapped transformation, w(n) must fulfill particular design
constraints [1,2,12]. For ELTs with even L

M , assuming equal,
symmetricw(n) for analysis and synthesis, these are given by
L
M−2l−1∑
j=0

w(k + jM)w(k + jM + 2lM) = δ(l), 0 ≤ l <
L

2M . (3)

For the MLT, MDCT, or MDST ( LM = N
M = 2, the three terms

will apply interchangeably hereafter), the TDA is canceled by
combining the first temporal half of ŝi with the second half
of the previous frame’s ŝi−1 by means of an overlap-and-add
(OLA) procedure. The resulting inter-transform overlap ratio
is 2−1

2 . In case of the ELT with L = 4M, the OLA step must
combine the first quarter of ŝi with the second quarter of ŝi−1,
the third quarter of ŝi−2, and the fourth quarter of ŝi−3, so the
ratio grows to 4−1

4 . Figure 1 illustrates this difference and the
worst-case pre-echo (temporal spread of coding errors). More
detailed discussions of TDA and PR can be found in [15–20].
Note, also, that evenly stacked linear-phase ELTs based on the
DCT-II, or odd-length ELTs with e.g. L = 3M, are possible
as well [21, 22], but such designs will not be examined here.

Focusing on the length-4M ELT ( LM = 4), one can observe
that, as shown in Figure 2a, PR is not achieved during switch-
overs to and from MLT coding since the TDA symmetries are
incompatible – simply put, the necessity of adjacent even-odd
combinations [9,19] is violated between frames i−4 and i−3.
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Fig. 1. TDA cancelation during OLA in lapped transformation
for (a) MLT, (b) ELT, (c) MLT via ELT. (-) Maximum pre-echo.
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Fig. 2. Switch from MLT to ELT with (Tr)ansition transforms:
(a) incorrect non-PR, (b) desired PR. (c) MLT via desired ELT.

3. A MODIFIED EXTENDED LAPPED TRANSFORM

To correct the PR issue in Fig. 2a by achieving complete TDA
cancelation (TDAC) also in the transitory 3-part OLA regions,
one transform class must be redefined such that its TDA sym-
metries complement those of the other, e.g. as in Figs. 2b, 2c.
Since it is desirable to avoid changes to existing MDCT and
MDST implementations, focus is laid on the ELT. Moreover,
to easily obtain PR transition and steady-state windows for all
transforms, corresponding analytic expressions are necessary.

3.1. Modifications for Adaptation of Overlap Ratio

To give the ELT the desired TDA compatibility with the MLT,
it suffices to alter the temporal phase shift in its base functions:

X̂i(k) =

L−1∑
n=0

xi(n) cs
(
π

M

(
n+

3M+1
2

)(
k +

1
2

))
, (4)

with k, cs as in (2) and the inverse ELT (1), using X̂ ′i, adapted
accordingly. It can also be shown that, as Fig. 2 indicates, the
4 quarters of the transitory MLT and ELT windows are based
on the respective steady-state weightings, with the first and/or
fourth quarter set to zero and the critical quarters described by

wtr(t) =
√

1 − welt(k)2 − welt(M + k)2, (5)

where t=L
2 +k for switching as in Fig. 2 or t=L

2 −1−k for the
reverse ELT-to-MLT transitions. Using (5) to acquire the crit-
ical quarters (white text in Fig. 2) for both the ELT and MLT
transition weightings completes the definition of the transitory
windows, leaving just the choice of the steady-state functions.

3.2. Steady-State PR Lapped-Transform Windows

Several power-complementary (PC) MLT windows enforcing
the so-called Princen-Bradley condition for PR [2] have been
documented. Figure 3a depicts the shapes and corresponding
oversampled transfer functions of the windows used in MPEG
audio codecs [5,7], the MLT sine [3,11] and the Kaiser-Bessel
derived (KBD) windows [23]. Also shown is the PC function
developed by the first author in [24], whose shape is similar to
that of the KBD window but which, as can be noted, exhibits
lower first (near-field) side-lobe levels. Finally, a sine window
for a doubled frame length, as employed in case of dual-rate
SBR, serves as a reference and illustrates that longer windows
can notably reduce both pass-band width and stop-band level.
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Ideally, an ELT window, subject to the PR constraints of (3),
should exhibit a frequency response comparable to that of the
double-length sine window, but it can be observed that, due to
the PR restrictions, main-lobe width can only be minimized
by allowing less side-lobe attenuation. Malvar’s window [11]
with p=1, for example, was found to have the lowest possible
main-lobe width of all ELT designs but also undesirably high
stop-band levels, as shown in Figure 3b. Its temporal borders
are notably discontinuous (since samples beyond the window
extension are assumed to equal zero), resulting in a side-lobe
decay of only –6 dB/octave [24] and framing artifacts in our
experiments. Temerinac and Edler [16] presented a recursive
design approach, which they used to obtain the ELT window
also shown in Fig. 3 (note that the value –0.038411 is missing
in column “L=4N” of their table 1). This window, which can
be closely approximated by Malvar’s equations with p=0.14,
provides more but still quite weak stop-band attenuation.

It is worth noting that, for p=1, Malvar’s formulation can
be simplified to a notation similar to that for a Hann window:

wp=1(t) = a0 − 0.5 cos
(

2π · t+0.5
L

)
, L = 4M, (6)

with 0 ≤ t < L denoting the temporal samples of the window
and a0 = 2−3/2 chosen to enforce the PR constraints [11–14].
Intuitively, a function with more side-lobe attenuation such as

w3-term(t) =

2∑
k=0

bk cos
(

2kπ · t+0.5
L

)
, b1 = −0.5, (7)

with b2 > 0, which can be used to derive Blackman’s window
[24], would seem applicable as well. Unfortunately, it can be
shown that PR cannot be achieved with such a window class
regardless of the value of b0. However, by adding more terms,

welt(t) = w3-term(t)−
K∑
k=1

ck cos
(

8kπ · t+0.5
L

)
, (8)

with bk as above, the resulting shape for any choice of b2 . 3
8

can be corrected so that PR is approached arbitrarily closely.
Targeting, in particular, a low stop-band level and imposing,
in addition to the PR conditions, the restriction of an isotone
left-half and, hence, antitone right-half window slope, PR can
be approximated with an error below 4 ·10−6 by usingK = 3,
b2=0.176759 and, dependent on these values, b0=0.3303 and

c1 = 0.02366318, c2 = 0.00042436, c3 = 0.00001521. (9)

This simple ELT window function, depicted in Fig. 3b, is less
discontinuous at its borders than the proposals of [11,16] and,
as a result, allows the same level of side-lobe rejection as the
double-length sine window of Fig. 3a. Concurrently, its main
lobe remains narrower than that of the MLT sine window. In-
terestingly, it also resembles the latter window in shape.

To complete this section, Figure 3c illustrates the spectral
and temporal shapes of the MDCT/MDST and ELT transition
windows, based on the PC design of [24] andwelt using (8, 9),
and, for comparison, the double-length start window of AAC.
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Fig. 3. PR window designs: (a) MLT, (b) ELT, (c) transitions.

4. INPUT-ADAPTIVE OVERLAP RATIO SELECTION

In order to verify its anticipated subjective advantage on tonal
input and as a proof of concept, the switched coding approach
of section 3.1, using the windows devised in section 3.2, may
be integrated into a transform codec as follows. Note that, for
reasons of brevity, only high-level aspects shall be discussed.

4.1. Decoder: Specification and Synthesis Transforms

An extra bit, signaling application of the ELT, is received per
channel and/or frame in which long transformation (no block
switching) has been utilized by the encoder. In case of MPEG
coding the window shape bit may be re-used for this purpose
(1: MLT using window of [23] or [24], 0: our modified ELT).
Based on this bit and the window sequence (transform length
and type), both for the current and last frame, the decoder can
then deduce and apply the inverse lapped transform using the
correct overlap ratio and window, as described in section 3.1.

4.2. Encoder: ELT Detector and Analysis Transforms

The encoder, applying and transmitting the per-channel/frame
MLT/ELT choice such that encoder and decoder are synchro-
nized, can detect stationary harmonic frames by computing an
order-16 linear-prediction residual of the 1

2 -rate downsampled
input, as done in speech coders [25], and deriving therefrom
• temporal flatnessft as the ratio between the next and current
frame’s residual energy, with stationarity specified as ft <

55
8 ,

• spectral flatnessfs, also known as Wiener entropy, obtained
from the DFT power spectrum of the current and next frame’s
concatenated residual, with high tonality indicated by fs <

3
8 .
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Figure 4 depicts the resulting frame-wise ELT (0) and MDCT
(–1) selection for five input items (MDSTs are not used on this
material). The stationary, tonal passages are detected reliably.

5. CODEC INTEGRATION AND EVALUATION

Two blind listening experiments according to the MUSHRA
(multiple stimuli with hidden reference and anchor) principle
[26] were conducted to assess the subjective performance of
the switched MDCT–ELT coding system in comparison with
a conventional scheme employing only MDCTs (or MDSTs,
as in case of the kernel switching proposal [9]). To this end,
the switched-ratio architecture was integrated into an encoder
and decoder implementation of the MPEG-H 3D Audio cod-
ec, using IGF for bandwidth extension and stereo filling (SF)
for semi-parametric channel-pair coding at 48 kbit/s stereo, as
described in [8,9]. Testing was carried out by 12 experienced
listeners (age 39 and younger, incl. 1 female) in a quiet room
using a fanless computer and modern STAX headphones.

5.1. 48-kbit/s Test using Tonal Instrumental Signals

The first experiment intends to quantify the advantage of ELT
over traditional MDCT coding on tonal, harmonic audio ma-
terial, as well as the benefit of switching from ELT to MDCT
coding on transients and tone onsets, as discussed in the last
section. For each of the four tonal test signals already used in
past MPEG codec evaluations [25, 27] – accordion, bag/pitch
pipe, and harpsichord – the 3D Audio coded stimuli with and
without the switchable ELT were presented alongside a 3D
Audio reference condition employing unified stereo SBR and
MPEG Surround 2-1-2 (and, thus, doubled frame length).

The results of this test, along with the per-stimulus 95-%
confidence intervals, are illustrated as overall mean scores in
Figure 5a and as differential mean scores, relative to the ELT
condition, in Figure 5b. They demonstrate that for three out of
the four items, the quality of the SBS-based 3D Audio codec
is improved significantly by switching to the modified ELT in
case of stationary passages. Moreover, by resorting to MDCT
coding during non-stationarities, perceptual degradations due
to stronger pre-echo artifacts are avoided. Finally, the perfor-
mance of the SBS configuration is brought closer to that of the
longer-frame-size unified stereo reference for such items; al-
though block switching to 8 short transforms has not yet been
implemented, all stimuli except sm01 (bag pipes) now exhibit
good quality.

0 200 400 600 800 1000 1200 1400 1600 1800 2000 2200 2400
−1

0

1

2

3

4

5

6

7

Frame Index

F
la

tn
e
s
s
 M

e
a
s
u
re

 V
a
lu

e

 

 

f
t

f
s

sel

 
 
 Accordion Harpsichord 
 Pitch and Bag Pipes ·10 
 
 
 
 
 
 
 
 

 Castanets 

Fig. 4. Spectral and temporal flatness based selection of ELT.
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Fig. 5. Zoomed view of listening test results with 95% confi-
dence intervals. 3.5-kHz anchor scores are omitted for clarity.

5.2. 48-kbit/s Virtual Test using Various Signal Types

A second “virtual” listening test was constructed in which the
results of the subjective evaluation in [9] were combined with
the present data for the phi7 item (pitch pipe, the only signal
in [9] for which ELTs are applied in more than a few frames).
This setup shall reveal whether SBS-based 3D Audio coding,
enhanced by the switchable ELT scheme, can outperform the
QMF-based 3D Audio configuration on a diverse test set.

Figure 5c depicts the per-stimulus and the overall absolute
mean scores, again with confidence intervals, for this test. In-
deed, thanks to the ELT-induced quality gains on signals such
as phi7, the average perceptual performance of the SBS+ELT
configuration is rendered significantly better than that of the
unified stereo reference. Given that the latter exhibits a higher
algorithmic latency and complexity due to the required addi-
tional pseudo-QMF banks, this outcome is highly satisfactory.

6. CONCLUSION

This paper revisited the idea of extending the overlap ratio in
lapped transform coding to more than the conventional 50%
employed in contemporary audio codecs. The formulation of
the resulting extended lapped transform (ELT) was modified
to allow perfectly reconstructing transitions, with proper time
domain aliasing cancelation, between MDCT coding with an
overlap ratio of 50 and ELT coding with a ratio of 75%. A new
ELT window with low side-lobe levels and, thus, less framing
artifacts in typical applications was further designed. Finally,
a complete system based on the MPEG-H 3D Audio specifi-
cation [6,7] was proposed, which can switch input adaptively
between MDCT, MDST, and cosine- or sine-modulated ELT
coding while allowing short-transform coding of transients.

The perceptual benefit of the switched-ELT approach was
confirmed by formal subjective evaluation, which reveals no
quality degradations over the 3D Audio framework and which
further indicates that the authors’ long-term objective of good
coding quality on every type of input signal at 48 kbit/s stereo
could in fact be achieved with only a bit more encoder tuning
and a full implementation of ELT coding and block switching.
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