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ABSTRACT

In this paper we present several approaches to direct
manipulation of MPEG' audio codes. We discuss
problems and solutions regarding aliases introduced by
time to frequency transform block and NMR?
modification. We also discuss the limits in term of
processing functions and give some consideration about
computational costs.

1. INTRODUCTION

The traditional approach to the manipulation of
compressed audio codes consists in decoding the audio
signal to PCM® and then, after manipulation, re-
encoding it in compressed domain (Figure 1)
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Figure 1: traditional manipulation of compressed
audio formats

This approach has two disadvantages:

1. quality degradation as a result of tandem coding
[13];

2. time and space consumption.
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Furthermore, if we want to produce hardware chips that
provide processing functionalities on compressed audio
signal, whole codec must be built, which increases
production costs.

Compressed domain processing allows editing audio
signals without performing the whole decoding and re-
encoding procedure (Figure 2). In this way it reduces
time [14] and space requirements, while maintaining the
perceived audio quality. It also reduces cost in
manufacturing MP3 processing hardware. Encoder and
decoder remain necessary only in order to play and
record sounds.

editing
functions

MPEG )
Audio ~4—— encoding

K
l <

PCM

decoding

Figure 2: direct manipulation of compressed audio
formats

This paper is organized as follows: in section 2 we
revisit some basic concepts of MPEG standard, useful
for a better comprehension of the rest of the work. In
section 3 we describe problems there are present in
direct manipulation of MPEG audio spectrum. In
section 4, we illustrate different approaches in direct
editing; in section 5 we present our algorithms to
manipulate MP3 codes in quantized and Huffman
domain. Finally, in section 6 conclusion and future
works are illustrated.

2. OVERVIEW OF MPEG AUDIO STANDARD

In order to better understand the rest of the paper, a
brief overview of the basic concepts about MPEG audio
standard is provided.



MPEG audio provides a set of standards to lossy audio
compression. Algorithms are classified by layers (1, 2
and 3) sorted by complexity and efficiency. They are
included both in MPEG-1 [1] and MPEG-2 [2] that
allow to work, respectively, on high (32, 44.1, 48 KHz)
and low sampling frequencies (16, 22.05, 24 KHz).
Additionally, there is another unofficial MPEG version
called MPEG-2.5 which works on very low sampling
frequencies (8, 11.025, 12 KHz).

MPEG audio codecs generally use a non-uniform
quantization on frequency domain driven by perceptual
model to compress PCM audio signal into a standard
bitstream at various bitrate values (Figure 3).
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Figure 3: structure of MPEG codec

The time to frequency transform is built by means of a
polyphase filter bank and, only in MP3 codecs, by
cascading it with MDCT! (hybrid filter bank).
Polyphase filter bank gets samples from PCM streaming
and represents them in 32 frequency subbands, further
subdivided into 18 finer subbands by MDCT in MP3.

Psychoacoustic model provides as its output the
SMR?, an index that informs the quantization block how
many bits should be allocated for each frequency
subband in order to get an inaudible quantization noise.

The output of filter banks and perceptual model are
the input of non-uniform quantization process that
decides how to quantize every frequency subband with
respect to SMR value. Finally, MPEG audio bitstream is
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generated. In  MP3 codecs, Huffman lossless
compression is performed before bitstream packing.
Further information about MPEG standards can be
found in [3].

3. CONSIDERATION ON FILTER BANK ALIAS
AND NMR IN SPECTRUM PROCESSING

In order to correctly process the spectrum we need to
consider two important aspects: the frequency aliasing
introduced by filter banks and the NMR information.

The analysis filter bank introduces alias that is
partially removed in synthesis phase. In Figure 4 we can
see the behavior of aliasing during the various phases of
MP3 encoding.
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Figure 4: behavior of aliases during MP3 encoding; in
MP1 and MP2, we have not MDCT and alias reduction
blocks;

The hybrid filter bank introduces two different
aliases, one by polyphase filter bank and one by MDCT.
A butterfly filter further reduces these aliases in order to
optimize the quantization phase. In decoding phase,
only the MDCT alias is completely eliminated [4], while
the polyphase alias is only reduced [5]. In MP1 and
MP2 we only have the polyphase filter bank and alias
reduction block is not present.

Every time we manipulate spectrum in compressed
domain we introduce a modification of the alias shape
such that a successful cancellation in synthesis phase
would not be possible. This fact may introduce some
audio artifacts, which would reduce the quality of
perceived decoded audio signal. In order to avoid this,
we must pay attention on alias shape during subbands
coding.



During spectrum processing, we usually change
NMR information having masking or unmasking of
components in audio signal [15]; this means that in
some subband frequency the quantization noise, masked
before processing, may became audible. So we have to
care about quantization noise and masking structure
during processing in subband coding keeping noise
under audible threshold.

Various methods are developed by us and by other
researches, in order to take care of these problems. They
will be illustrated in next section.

4. DIFFERENT APPROACHES IN
COMPRESSED DOMAIN EDITING

Generally, when we consider direct processing in
compressed domain, we could make an attempt to
manipulate the information directly, in their original
structure. Unfortunately this is not always feasible. For
example, it is not feasible to directly handle frequencies
in MP3 codes because they are hidden within Huffman
codes.

So, if we consider every block performed in MPEG
representation to another, we can focus our attention on
different parts of decoding phase. In this way we can get
more approaches in direct editing with their own
advantages or disadvantages, with respect to
computational costs, perceived quality and processing
limits.

In our work we have identified three relevant blocks
in decoder. This allows us to formalize as many
approaches in direct editing as possible (Figure 5):
unpacking, Huffman decoding and dequantization.
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Figure 5: different approaches in direct manipulation of
MP3
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Keeping our attention to the output of these blocks
we can imagine working on three different domains that
we will call Huffman, quantized and dequantized. We
can consider quantized and Huffman domain as the
same in MPEG Layer 1 and 2 format, because they do
not use Huffman algorithm.

We can just conclude that coming closer to the
starting phase of the decoding process means to have a
low computational cost in term of processing but it also
means to have limits on the possible editing functions
we may implement. On the other hand, as we approach
the final phases of the decoding, we increase the
possibility to develop more editing functions with better
results, but it means also that we increase the
computational cost of processing. Different application
areas may privilege computational cost at a loss of
quality of processing result, or vice versa.

In order to explain differences among various
solutions, these approaches will be described in next
sub-sections, showing for each example of processing
function, alias and NMR the related problems and, when
possible, the solutions. Finally, we shall give some
considerations on computational costs.

4.1. Manipulation Performed After Dequantization

In this approach we deal with audio signals obtained
from the output of dequantization phase (Figure 6)
which represents the input of IMDCT' or polyphase
filter bank, respectively in MP3 or MP1-MP2 cases. In
MP3 codes we work on 576 dequantized frequency
values (one granule) corresponded to 576 PCM
samples; in MP2 codes we always have 576 values
corresponded to as many as PCM samples but they are
structured as matrix of 32 subbands with time window
size of 18 samples. Finally, in MP1 we work on 384
samples structured as matrix of 32 subbands with time
window size of 12 samples [1] [2].

As we said before, this approach allows developing
nearly every kind of processing function getting results
quite similar to the same functions performed in time
domain, thanks to more possibility on managing alias
shape and NMR. But on the other hand, despite of
approaches in quantized and Huffman domain, this way
is computationally heavier because it needs to perform a
requantization driven by new SMR provided by
psychoacoustic model (Figure 6).

On MP1 and MP2 format much research has been
done. The previous work covers algorithms of gain
control, mixing, subband filters, HRTF? spazialization
[11] [12] and bitrate scaling [10], handling alias and
NMR.

In [6] a first example of gain control, mixing and
equalization is provided. In this work alias problem has
been solved by developing FIR® filters which work
independently on every polyphase subband where the
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amplitude answer has a response magnitude quite
similar among adjacent subbands. The requantization is
performed by a convenient approximation of bit
allocation.

In [7] an example of subband filter which avoids
alias modification is provided. It generates FIR filters
converting time domain filter to compressed domain
filters, taking in consideration analysis and synthesis
filter banks in a convenient manner. This way allows
creating desired results in frequency domain without
introducing distortions. The requantization phase is
performed by estimation of new SMR from manipulated
spectrum as illustred in [8].

In [9] another example of subband filter is provided.
It follows a similar approach to the previous, but
examples of IIR' filters are provided.
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Figure 6:
dequantization

manipulation  performed

We believe that an approach similar to the one
suggested by [7], [8] and [9] may be followed in order
to develop subband filters and other editing functions in
dequantized domain.

4.2. Manipulation Performed Before Dequantization

In this approach we deal with audio signals provided by
Huffman decoder in MP3 format, or by unpacking in
MP1 and MP2 format; both of them represent the input
of requantization block (Figure 7).

Here we can directly manipulate the spectrum; its
structure is close to dequantized domain but the
frequency values are conveniently quantized by scale

! Infinite Impulse Response

factors. Further, in MP3 codes, other parameters as
global gain and subblock gain are used, and scale
factors group frequencies in order to simulate critical
bands.
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Figure 7: direct manipulation performed before
dequantization
This approach represents a good compromise

between computational costs and the number of
implemented processing functions. With respect to the
MPEG codec we only need to use packing/unpacking
block. In the case of MP3 we use Huffman block,
avoiding quantization phase, psychoacoustic model and,
of course, hybrid filter banks. In this way we reduce the
time of decoding and re-encoding. On the other hand, it
is difficult to manage alias introduced by hybrid filter
banks and NMR behavior. For this reason we can
implement only limited number of processing functions.

In order to modify MP3 audio signal by reducing the
introduction of artifacts caused by alias distortion or
unmasking frequency, we have tried to reduce to
minimum the manipulation of spectrum. So, to apply
simple filters we set to zero all the frequency values that
belong to stop-band. In this way we reduce bitrate value
(useful to downgrade bitrate values), we avoid possible
unmasking situation but, at the moment, we could have
again problems with alias.

No related works are provided for MP1 and MP2
codes.

4.3. Manipulation Performed Before Huffman

In this approach we can consider only MPEG Layer 3
codes. Here we work on audio signals given by
unpacking block (Figure 8).

Here, we can not directly manipulate the spectrum
because it is represented by Huffman codebits; we are
only allowed to change fields of MP3 bitstream as



parameters of dequantization formula, bitrate or MDB'
value, in order to get the desired audio process.

This approach represents the best solution in term of
computational cost because we only need to use the
packing/unpacking block of MP3 codec. Furthermore,
we don't have any difficulties related to alias because
we do not change the spectrum structure. However, we
could have problems with NMR changing scale factor
values, and unmasking the quantization noise into their
own critical bands. The negative side of this approach
regards the limited number of editing techniques we
may implement because we are able to manage only a
limited number of parameters of coded audio signal. In
our work we have developed two processing functions
to directly move MP3 frames and to control the gain of
MP3 granules.
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Figure 8: direct manipulation performed before Huffman
decoding

Direct frame moving is not easy to realize in MP3
coding (in contrast to MP1 and MP2) because of the
possible presence of bit reservoir (Figure 10) which
creates a physical dependence between main data and
their own frames. We eliminate this correlation by
realigning main data into their own frames,
conveniently changing bitrate values and MDB, and
recreating a bitstream ISO-compatible. After this
manipulation we get a new MP3 bitstream with average
bitrate value a little greater than original.

In order to control the gain of MP3 codes we have
chosen only to manage the global gain of
dequantization formula avoiding modifying alias shape
and NMR information, further maintaining bitrate value
of processed signal audio equal to the original. These
techniques will be illustrated in more detail in the next
section.

5. ALGORITHMS TO EDIT MP3 CODES
BEFORE DEQUANTIZATION AND HUFFMAN

In this section we illustrate techniques to move MP3
frames, control the gain and apply simple filters
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working in Huffman or quantized domain. We further
give some observations on time resolution during direct
manipulation of MP3 codes and re-encoding phase.

5.1. Time Resolution in Direct Manipulation of MP3

There are two approaches to time-domain processing of
digital audio signals [16]:

1. sample-based and
2. Dblock based.

For example, if we have to implement operations based
on convolution formula we have to apply the block-
based approach. Therefore we have to manage blocks of
samples to perform processing operations; on the other
side, cut & paste functions are generally sample-based
so we have to handle directly the single PCM sample. It
is easy to see that we have a better time resolution in
sample by sample processing, equal to sampling time

(1.

s 0
Ts=F.

In contrast to time-domain, direct MP3 processing can
be performed only by block-based, where their sizes are
fixed by ISO standards [1] and [2. We can have two
different atomic entities types, frame and granule.
Frames have a time resolution equal to (2) where Ngmpies
= 1152 or 576, respectively with MPEG-1 or MPEG-2 /
MPEG-2.5 standards. Granule has a time resolution
provided by (2) where Ngmpies = 576, both with MPEG-
1 and MPEG-2 / MPEG-2.5.

N.'u les 2
S( samples ) = — ( )
Lot )=

In cut & paste operation we work on frame, having
time resolution equal to T (576 | 1152), depending on
the standard used. In processing operations, as gain
control or filters, we work on granule so we always
have time resolution gave by T (576).

An example of MPEG-1 Layer 3 time structure with
sampling frequency equal to 48 KHz is showed in
Figure 9.

TO)=0sec || T(1)= TQ)= TG)=

T(49)=
0.024 sec 0.048 sec 0.072 sec

1.176 sec

Frame 0 Frame 1 Frame 2 Frame 3 Frame 49

Figure 9: MPEG-1 Layer 3 time structure with sampling
frequency 48 KHz

Here, we can see that each frame corresponds to
0.024 seconds (2). The time distance between the first
and a generic frame F;, where K € [0, Total Frames
Number - 1] is given by:

TotTime (k)=k*T (1152) 3)



Finally, we can conclude that direct manipulation of
MP3 codes generally has a lower editing resolution
compared to the operations that can be done in the
uncompressed domain. Further, time resolution is not
dependent by bitrate.

5.2. MP3 Frames Moving

As we said before, it is difficult to move frames in MP3
because of the presence of bit reservoir technique. In
this case, main data might not be completely contained
into their frames but they might be spread over MP3
bitstream. Therefore we may have main data of frame
Fi.; physically contained both on Fx and F.; (Figure
10:).

Frame K Frame K+1
H S.L M.D M.D.1 H S.L M.D.2 M.D.
Fk Fk+| : Fk+] Fk+2

MDB F, MDB Fy
Figure 10: example of MP3 bitstream with technique of bit
reservoir activated. We can see main data belong to Fy;
are contained in F

With this bitstream configuration we cannot move or
delete frames without an appropriate alignment
operation. Otherwise, we would introduce format
incongruence and we would corrupt the audio
information. An example of this corruption is showed in
Figure 11 where we deleted Fx. We can see how we
have deleted part of main data belonged to Fx and how
MDB refers to a wrong point in the MP3 bitstream.

Frame K-1 | Frame K+1 |

H. S.I. M.D H. S.I M.D.2 M.D.
Fi Fin |
) 1

[ ’-i\_/

Figure 11: deletion of Fy in MP3 bitstream with bit
reservoir activated without alignment technique. We can
see MDB belongs to Fy.; points to incorrect place in MP3
bitstream. Furthermore, we have lost the first part of main
data belong to Fy.y

To solve this problem we implemented an alignment
technique in Huffman domain, which is able to put all
main data into their own frames appropriately
modifying bitrate and MDB values. Our alignment
technique is subdivided in three phases; for each frame:

1. in the first phase, it reads and extracts information
from header and side information fields and,
through MDB, it finds the start of main data over
MP3 bitstream. Then, through part2 3 length field
[1], it calculates main data size and loads them into
the main memory after its own side information. If
ancillary data is present, our algorithm saves it in
main memory and, if possible, rewrites it on disk
during MP3 saving phase;

2. in the second phase, it deactivates bit reservoir
technique setting to zero MDB field;

3. in the third phase (called average bitrate) it
modifies bitrate values in order to have all main
data contained in their frames. It calculates the size
of MP3 frames by means of formulas provided by
standards [1] [2]. A padding bit is used to round
them when ever a decimal value is present. Then, it
gets the real size of every frame as follow (4):

Frs = Hs + CRCs + SIs + MDs @)

Hs, CRCs and MDs are the byte size of header,
CRC, side information and main data fields; MDs
considers the reservoir pointed by MDB and
ancillary data. At least, it finds the minimum bitrate
value that provides a frame dimension by standard
such as to contain their main data.

Generally, it is difficult to find bitrate values that
provide perfect alignment between main data and
frames. In the case we do not have a perfect
realignment, we choose the first bitrate value (among
default bitrate values provided by [1] and [2]) which
corresponds to the frame size able to contain main data;
extra bits will be processed by MP3 decoder as ancillary
data. So, the average bitrate value of MP3 bitstream that
results from the alignment technique can be obtained
from the following formula (5):

orig _br <= new _br < NEXT (orig _br) (5)

orig_br and new_br are, respectively, the original and
new bitrate value, and NEXT (orig_br) is a function
whose output is the next bitrate value from the lists
provided by [1] and [2]. For example, if a bitrate value
is equal to 128 Kbit/sec (MPEG-1), then NEXT (128) =
160 Kbit/sec. It is important to note that it is possible to
bring back new br to orig br applying again, on
manipulated MP3 codes, the bit reservoir technique
during re-encoding phase.



Frame K Frame K+1
H. S.I M.D H. S.I. M.D
Fy Fia

MDB F,

MDBF,.,

Figure 12: example of MP3 bitstream got after alignment
technique. We can see every frame contains its own main
data

After alignment technique has been applied, the
frames are truly independent with one another and can
be handled directly (Figure 12). So it is possible to
cut/copy and paste, delete or invert frames, simply
moving them in order to get the desired sequence.

In Figure 13, we show an example of frame inversion
between frame 2 and frame 5. It is important to note that
we invert frames position, and not their content.
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Figure 13: time-domain result got by frame inversion
performed in compressed domain

Our technique is not able to align MP3 codes which
are not strictly ISO compliant. This happens when main
data size (MDs) is greater than the biggest dimension
allowed at maximum bitrate value (table 1).

KHz Fs ind.=0 Fcind =1 Fcind =2
44,1122,05] 48|24|12 32|16|8
Byte 11,025
Pad =1
MPEG-1 1045 960 1440
MPEG-2 523 480 720
MPEG-2.5 1045 960 1440

Table 1: the greatest MDs size at max bitrate value (320,
160, 160 Kbit / Sec) without considering header, CRC, side
info and ancillary data sizes

5.3. Gain Control

Gain control is used to adjust the intensity of audio
signals. For uncompressed codes, it is simply a
multiplication of each PCM sample by a constant value.
Instead, for MP3 codes we may take two different
approaches:

1. direct manipulation of global gain field, operating
in Huffman domain;

2. direct manipulation of 576 frequency values that
belong to a granule, operating in dequantized
domain.

We have chosen the first one in order to avoid the
introduction of artifacts caused by aliases distortion or
unmasking frequency. Furthermore, in contrast to the
second approach, here we do not change the bitrate
value.

During encoding quantization phase, if there is no
valid Huffman table or if bitrate value is not respected,
rate loop opportunely quantize spectrum reducing the
values of 576 frequency lines increasing global gain
field [1] [3]. Then, in decoding phase dequantization

bring back spectrum in original as follow:
GlobalGain - SYS ) (6)

xr[i]= round | sign (xq[i ]} | xq[]] *2' ¢

where i € [0 : 575], xr[i] is the vector of unquantized
frequency values, xq[i] is the vector of quantized
frequency values and SYS is a system value which
depends on the encoder implementation. A global gain
equal to zero corresponds to no quantization, while 255
is the greatest value this field could assume [1] [2].

We can conclude from (6) that if we increase or
decrease global gain without modifying frequencies, we
increment or to decrement perceived intensity of decode
MP3 with steps equal to 1.5 DB as showed in (7).

1
20 * Log ,, {24J =1,5DB (7

Therefore, increasing or decreasing global gain by k
factor means to up or down RMS' by & * 1.5 Db (8).
Our empiric experiments have shown the validity of this
relationship.

global gain £tk =k*1.5£ RMS  (8)

By changing the value k over the time, we can also
obtain various dynamic effects like fade in, fade out or
tremolo.

However, we can not always increment global gain
because otherwise clipping might happen in time
domain. A preemptive analysis may be useful in order
to detect frames which could cause clip and, in these
cases, we should modify global gain at will avoiding
possible distortions. Our future work will be dedicated
to this problem.

Finally, some MP3 frames may have global gain field
set on greatest or smallest value and in these cases we
cannot increment or decrement this parameter. For
example, we cannot decrement the intensity of MP3
frame with global gain equal to 0 or, vice versa,
increment the volume of MP3 frames with global gain

! Root Means Square



equal to 255. In these cases, our algorithm introduces no
changes.

5.4. Filters

Filters and equalizations are typical operations which
shape audio spectrum in order to give a desired
frequency response to audio signal. When we work in
time domain, we transform the signal in a frequency
domain, we apply a desired transfer function and then
we bring back the filtered signal in time domain. In
MP3 codes we have just PCM audio signal transformed
in frequency subbands coded so we only have to find a
way to handle the quantized spectrum in order to apply
filters or equalizations.

MDCT produces on output a granule which contains
either 576 frequency lines, wrapped in a unique long
block, or the same information further split in three
short blocks of 192 frequency values. A mix of these
two possibilities is also possible. The frequency
resolution of our filter is equals to (9) with long blocks
and (10) with short blocks.

ong_ J F . ()]
F s roun 576

ot g [ (10)
F ros roun 197

If we have input filter with cut frequency not-multiple
of F’””g or FS’"”’, we round it to the nearest value. For

example, MP3 frames at 44.1 KHz have a frequency
resolution equal to 76.5625 Hz for long block and
229.6875 Hz for short block; if we suppose to have a
frame coded by long block and we want to apply it a
low pass filter with cut frequency equal to 1000 Hz, our
technique filter only F; frequency values where i = 4.

As it happens also with gain control, even here there
are two possible ways to filter audio signals before
dequantization:

1. modifying scale factors, operating in Huffman
domain

2. modifying MDCT frequencies,
quantized domain

operating in

In both we have problems with NMR and aliases
because we may have to change the spectrum structure.
Furthermore, only the second one allows reducing the
bitrate value.

However, it is possible to avoid NMR problems and
consequently, possible unmasking of quantization
noises, following the second approach by setting to zero
frequency values that belong to stop-band range [Fyr :
Fop]- Fetart and Fgo, are calculated as shown before by
(9) and (10). The other frequencies remain unchanged.
In this manner, we also reduce bitrate value (11).

xq'[i]z round [sign (xq [1])* | xq [i]\*R[i]]

i € [F.\'tart

where R[i]= {1 if : Fo ] (11)
0 otherwise

In this manner, we are able to provide all kinds of
filters (low pass, high pass, band pass or band reject)
simply giving in input to (11) a desired R[i] vector. But,
these kind of filter sounds quite unnatural despite of
being performed in dequantized domain because there
are evident discontinuities between pass-band and stop-
band edges as shown in Figure 15 and Figure 16. Figure
14 shows the original spectrum of a song; in Figure 15
and Figure 16 we have spectrum filtered, respectively,
by band reject and band pass filters.

Then, some possible artifacts would be perceived after
filters because, as explained in section 2, we could
change aliases introduced by hybrid filter bank (and
opportunely modified by alias reduction). This problem
represents another chapter of our future work.

Figure 14: original spectrum of music audio signal

Figure 15: spectrum of music audio
application of band reject filter

signal after



Figure 16: spectrum of music audio signal after

application of band pass filter.

5.5. The Re-Encoding Process

After direct manipulation performed in quantized
domain, it is necessary to perform a re-encoding in
order to obtain a new MP3 bitstream. Staying just
before dequantization block, we only have to execute
Huffman encoding and packing block. This means that
we have to recalculate new Huffman regions (finding
correct tables to use) and then to create a new ISO
compliant bitstream. In packing block, some aspects as
bitrate, bit reservoir, CRC and windows switching
pattern should be considered. In our work we do not
modify windows switching pattern and we apply CRC,
as explained by ISO standards, if it is requested by user.

As we said before, bitrate may change in different
ways depending on techniques applied on MP3
bitstream: generally, it decreases with filters, stays the
same with gain control and change as shown by (5) if
we move the frames directly.

Finally, we are able to move frames and control the
gain in both mono and stereo coding. Additionally, with
separated channels it is possible to apply different kinds
of filters for each channel, obtaining in this way
interesting audio effects. At the moment, we are not
able to apply filters in joint stereo coding.

6. CONCLUSION

In this paper we have formalized the kind of
approaches in direct manipulation of MPEG codes and
we have showed algorithms to manipulate MP3 codes
directly. We saw that working before dequantization
takes advantages in terms of computational costs but it
introduces problems in alias and NMR managing,
limiting the power of applied editing functions. So,
future works are mainly addressed toward this direction,
in order to find a way to avoid artifacts introduced by
aliases modification after spectrum manipulation. Then,
an estimation of SMR from current quantization may be
useful to drive requantization of modified spectrum,
working directly on parameters of dequantization
formula. This allows us to increase or decrease
frequency values as showed in [6] avoiding aliases

artifacts and without generating perceptible quantization
noise.

Other future works regarding dequantized domain are
been scheduled. The aim is the develop subband filters
and other digital audio processing and effects that can
be applied after dequantization, following strategies
showed in [7], [8] and [9]. In this case, it is necessary to
implement transfer functions derived by time-domain
filters and MP3 hybrid filter bank and a modified
psychoacoustic model, which should be able to take in
input dequantized MDCT coefficients instead of DET".
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