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ABSTRACT bank to cancel the aliasing terms. In [4], the solution is to con-
. ) ) ) strain the subband filters to have smooth responses across the sub-
The cosine modulated filter bank is commonly used for the time- 4 poundaries. This preserves the relationship between the am-
frequency decomposition of audio signals. For example, it is @ pjitudes of the aliasing components resulting from the overlapping
basic element of the MPEG-1 and MPEG-2 audio coding stan- frequency responses of the analysis filters. In [5], aliasing errors
dards. While this filter bank is not perfectly-reconstructing, it does ¢ introduced, but the nature of the subband processing masks the
provide for the cancelation of aliasing components that are intro- yisiortion caused by the modifications. Finally, in [6], only simple
duced during the analysis decomposition. If the subband signalsjjiers such as lowpass or highpass filters are used, and they are
are to be processed, care must be taken to preserve the propertiegpp"ed using a zero-phase technique to preserve the phase rela-
of the subband signals such that the aliased terms will be canceleqionshipS between the samples in adjacent subbands. In this paper,
successfully in the synthesis filter bank despite the modification of ;¢ present a framework that allows for the application of FIR fil-
the subband signals. In this paper, a framework is provided for the g5 \ith arbitrary frequency responses to the subband signals that
generation and appllcatlon'of arbitrary FIR filters to signals that oyt from the decomposition performed in the MPEG Layer 1
have been decomposed using the MPEG filter bank. and 2 encoders. Quantization issues regarding the processing of
MPEG signals, discussed in [6], are not covered in this paper.

1. INTRODUCTION

The MPEG audio standard, which was originally introduced in 2. FILTERING SUBBAND SIGNALS

1992 ar_1d was updated in 1994 and 1997 [l].’ h_as rece_ntly galr_1ed.|.he objective of filtering subband signals is to apply filters to the
popularity for both the storage and the transmission of high-quality subband samples in such a way that, when the modified subband

iggleor issl?r?sz‘?llterobgil?fvxmﬁ:rzlfgiii:;?gflthi?ir:wi?ﬁe Olzé:i ’\t/erEsG signals are input to the synthesis filter bank, the output signal will
’ q y be equivalent to the signal that is obtained by reconstructing the

formation of the time-domain audio signal. The filter bank that unmodified signal, filtering it in the time domain, and then recod-

is used in Layers 1, 2, and 3 of both MPEG-1 and MPEG-2 is . . . . ; .

= . -~ ing into the subband domain. If this technique is to be applied to
a ps_eud_o-QMF, cosine modglgted _fllter bank [2.’ 3l Th_e _pen_eflts an MPEG signal, the analysis and synthesis filter banks cannot be
of this filter bank include efficient implementation, flexibility in modified since the filtered signal must remain MPEG-compliant
the prototype design, and the cancelation of aliasing componentsTO accommodate this, the method described in this paper requires

introduced during the analy§|s decomposn_lon._ . neither modification of the analysis and synthesis filters nor post-
Several authors have discussed the filtering of MPEG audio : :
ianals in th dd in14 5 6. Inth f MPEG processing at the output of the synthesis bank.
signals in the compressed domain [4, 5, 6]. In the case o The general structure of the cosine modulated filter bank with

signals, this implies that the filtering is done on subband signals o N g
that have been dequantized and rescaled, but not resynthesized int‘r’1dOIItI0naI subban filtering is shown in Figure 1. The subbands of

time-domain signals. The advantage of this type of processin isﬁua filter bank are indexed by, which ranges from 0 (a7 — 1
that a modifiedgMPE.G-com liant s? nal can bep rodSced Withgut where M = 32 for the MPEG filter bank.H,(z) is the analysis
having to convert the signal Ft)o the ti?ne domain fgr processing and filter in subbandk andGy (z) is the corresponding synthesis filter.
then back to the MPEG domain for continued transmission or stor- The analysis filter outputs are filtered B (z), which consists

age. These conversions require the use of the filter bank, which of filters C' (z) for 0 < k < M —1. While the outputs of each
ge. 1hes . quire. " 'Ck(z) remain in subbana, Ci(z) actually operates on samples
while efficiently implemented, still consumes a large portion of

the operations in both the MPEG encoder and the decoder. Th from subband: as well as those from adjacent subbands. This will

removal of the analysis and synthesis banks results in significant e explained further in Section 2.3.
computational savings during the processing of the MPEG signal.

Since the subband signals are formed using a filter bank that2.1. Matrix Representation of the MPEG Filter Bank
introduces aliasing into the signals, any filtering that is done in the

subband domain must not destroy the ability of the synthesis filter The matrix formulation of the system in Figure 1 provides a use-
ful framework for producing the subband filters from an arbitrary

This work was supported in part by the Hewlett-Packard Company and time-domain filter. Letp(n) be the impulse response of @
the Georgia Research Alliance. length FIR filter, and letx andy be vectors of lengthv and
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Figure 1 General structure of the MPEG filter bank with addi-
tional subband filtering.

2N — 1 that represent blocks of the input and output signdts)
andy(n):

X = [:L'(O),:)Z(].),.’L’(Z),... am(N_l)]Ta (1)
y = [y(O), (1)a y(2), cee ay(ZN - 2)]T' (2
The filtering ofz(n) by p(n) can be represented by
I p(0) 0 N 0
p(1) p(0) - 0
p(2) p(l) - 0
Y= 1p(v—1) p(N-2) o) [© @
0 p(N —1) p(1)
L0 0 p(N —1)
P

where?P is the (2N — 1) x N convolution matrix [7]. The fil-
ter p(n) can also be represented by thex N filter matrix P,
which consists of the firsiV rows of P. In this and the follow-
ing sections, the filter matrix will generally be used in theoretical
descriptions while the convolution matrix will be used to explain
implementation details.

The analysis filter bank, consisting of thé filters Hy, (z) and
M downsamplers, can be represented by2tNex N convolution
matrix #:

Ho
Hi
H= - (4)
Hn-1
where?y is given by
[ hi(0) 0 0 T
hi (M) hip(M —1) 0
hx(N—-M) hy(N-M-1) --- 0
0 hi(N —1) hi (1)
L 0 0 hie(N — M +1)]
®)
andN = 512 for the MPEG filters. The matrify is 3§ x N

and is a downsampled (byf) version of the convolution matrix
for the filter Hx(z), which has the structure shown in (3). The

N x N filter matrix, H, has the same structure &, with each
H,y consisting of the firsg\% rows of Hy.

The synthesis filter bank can be represented by2fiex N
matrixg:

G = [go gl ct gM—l], (6)
where
_ 0 0 1
gk 0
8k :
0 . ’
G=1| o 0 .0 @)

8k

In (7), Gk is 2N x £, g is an N-point vector containing the
coefficients ofG (z), and eacld represents a vector @i zeroes.
The filter matrixG is N x N with the same structure &. The
submatrixGy consists of the firsiv rows of Gy.

Based on the matrix formulation, the system in Figure 1 with
no subband filtering can be represented by

% = GHx. (8)

2.2. Generation of the Subband Filters

The subband filter€' (z) can also be represented by a convolution
matrix, Csp, and a filter matrixCsp,. To obtain these matrices us-
ing the representation developed in the previous section, it is useful
to consider the purpose of the subband filtering process. The ob-
jective of the subband-domain filter can be summarized using Fig-
ure 2. In this figure, the case shown in (a) represents the operation
of the MPEG encoder and decoder (in the absence of quantiza-
tion) followed by time-domain filtering of the decoded signal. The
case in (b) represents the subband-domain filtering of an MPEG-
encoded signal, again in the absence of quantization. The goal is to
obtain equivalence between the outpiits, (z) and X4(z). This

X(z) Analysis Synthesis Time-Domain §(d(z)
Filtering Filtering Filtering
€Y
X(z) Analysis SB-Domain Synthesis Axsb(z)
Filtering Filtering Filtering
(b)

Figure 2 Overall operation in the (a) desired case and (b) subband
filtering case.

amounts to finding the appropriate set of subband filters.
For an input vectok, the systems in Figure 2 are described by

9)
(10)

Xa = CGHx
isb = GCSbHX,

where C is the filter matrix for the time domain filtef’(z) and
C.» is the filter matrix for the subband filte€s (z) for 0 < k <



M — 1. To find the appropriat€s, Xsp iS Set equal tkq. Since
x appears in both expressions, the equality becomes

GC.,H = CGH. (11)

Pre-multiplying both sides of (11) bt 1 and post-multiplying
both sides byH~* give

C.o =G 1CG. (12)

For the analogous calculation using the convolution matrices
Csb, C, andg, the matrices and Equation (12) must be modified.

First, sinceg is rectangular and therefore difficult to inveg; *

is replaced byH. This replacement gives an inexact solution, but
the nearly-perfect reconstructing property of the MPEG filter bank
allows for this substitution without introducing significant errors.

Additionally, for Csp to be2N x N, the’H andC matrices must

The subband processing is represented by

y' = Csbv, a7)
where
y o= s vT o vy (18)
v = [vg vi ... v&,l]T, (29)
and
Co,0 Co,1 .- Co,Mm-1
Cio Cii -+ Cims
Csb = . . . (20)
CM.—l,o CM.—1,1 CM—I.,M—I

be extended. The subband-domain convolution matrix is then ob-In (20),Csp is 2N x N and consists o rows andM columns

tained using the following equation:

Csb = H'ansenCloanxanGonxn- (13)

In (13),H' andC’ are formed by extending the rows and columns

of H and C as necessary. The extension®fis shown in the
following equation:

r 0 0 c 0]
0 0 S0
., c c(0) 0 e 0
¢ = [ ] e(1) c0) - 0|’
e(N—2) ¢(N—3) 0
014N ¢(N—=1) ¢(N-2) ¢(0) |

(14)

whereC has the structure shown in (3). The convolution matrix

' is obtained by similarly extending ea@y.

2.3. Application of the Subband Filters

of 2 x & submatrice€ m,», wherem indexes the subbands of

y’ andn indexes the subbands ef The vectory is obtained from
y' using the same overlap-add technique that was usew for

The synthesis filtering is accomplished by applyi@do the
filtered subband signat to obtaink’:

%' =gy, (21)

wherex’ is the2 N x 1 vector containing the delayed reconstructed
signal Z(n) andy is a compositeNV x 1 vector with the same
structure aw in (19). The time-domain overlap-add technique is
used to obtairk from %'.

Equations (17) and (20) show that, for each subbanthe
output samples are obtained by filtering the samples in every sub-
band, not just those in subbakdThis preserves the relationships
between adjacent subbands that are necessary for aliasing cancela-
tion to occur in the synthesis filter bank. However, the frequency
response of the analysis filter in subbandnly overlaps those of
subbandst — 1 andk + 1 significantly. Consequently, the rela-
tionships of interest to subbaridare those with subbands— 1
andk + 1, and the procedure can be simplified to filter only the
samples in the subbands directly adjacenk.tdrhis is shown in
the following equation, which describes the filtering in subband

The subband-domain filtering is performed in a blockwise manner Yi = CieVic, (22)
using the convolution matrices described in the previous section.
The output samples in each block are combined with samples from
the previous block using the overlap-add method of block convolu- —
tion [8]. For subband signals, the last half of each subband vector Cie = [ck’kfl Ciete Ck’k“] (23)
from the previous block is added to the first half of the subband andvj is a composite vector consisting of._1, vi., andvic,1
vector in the current block. For time-domain signals, the last half (v! s three times the length afi). With this simplification,Csp
of the entire output vector from the previous block is added to the retains only the submatric@a, . for whichm —1 < n < m+1.
first half of the output vector in the current block. The details of
each filtering operation are described below.
Referring to Figure 1, the analysis filter bank magis mul-

tiplied by x to give the subband signsl:

where

3. EXAMPLE OF SUBBAND-DOMAIN FILTERING

The subband filtering of MPEG audio signals has several appli-
cations. Perceptual effects such as head-related transfer functions
can be applied to MPEG signals by filtering them in the subband
domain. Filtering can be applied to an MPEG signal for sampling
rate conversion, either to prevent aliasing before downsampling or
to interpolate samples after upsampling. Additionally, MPEG sig-
nals can be equalized in frequency using subband filters. In this
section, we will give an example of equalization filtering in the
subband domain.

v = Hx, (15)
wherex is the N x 1 vector containing:(n) and
v = [v"g v"f .- v'ﬁ_l]T . (16)

The N x 1 subband output vectov, is obtained from th@ NV x 1
vectorv’ using the subband overlap-add technique on egch
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Figure 3 Magnitude of the estimated bifrequency system function g re 5 Spectrum of the equalization filter and main diagonals
for time-domain filtering. of the bifrequency system function magnitudes.

model and bit allocation algorithms in the MPEG encoder, and
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subband domain. Specifically, this technique can be used to mod-
ify MPEG signals without having to decode, filter, and re-encode
Figure 4 Magnitude of the difference between the estimated bifre- the signal. The method enables the application of FIR filters with
guency system functions for time-domain and subband-domain fil- arbitrary frequency responses to MPEG signals while preserving
tering. the alias-canceling properties of the MPEG filter bank. Addition-
ally, this technique does not require modifications of the analysis
and synthesis filter banks. As a result, this framework can be used

To display the results, we will use the bifrequency system jithin an MPEG processing system to produce MPEG-compliant

function, K (e?“2, e7“1), which gives the frequency-domain rela-
tionship between the input to a systeii(e’“?), and the corre-
sponding output signaly (e/2). The time-invariant behavior of
the system is expressed along the main diagonal @2, e/“1)
(corresponding ta; = w2). Time-varying behavior, such as alias-
ing distortion, appears on other diagonals. Further details and a
description of the method used to obtain our results are given in
[9].

The frequency response of an equalization filter is shown in 2]
Figure 5. The subband convolution matrix for this filter is gener-
ated using the method described in Section 2.2 and applied to the
subband samples as detailed in Section 2.3. The estimated bifre-
guency system function for time-domain filtering is shown in Fig-
ure 3, while the difference between the estimates for time-domain [3]
filtering and subband-domain filtering is displayed in Figure 4.

The time-invariant behavior of the two systems is shown in Fig- [4]
ure 5, along with the frequency response of the desired equaliza-
tion filter. These results show that both the time-invariant and time-
varying parts of the bifrequency system functions are very similar 5]
for the time-domain and subband-domain equalization.

For MPEG-encoded signals, subband-domain filtering is per- rg
formed on the unpacked subband signals. The filtered signal is
then requantized and re-packed into the MPEG format. Time-
domain filtering requires decoding, filtering, and re-encoding the
signal. Neglecting quantization and psychoacoustic modeling, this
would require synthesis filtering, time-domain filtering, and anal-
ysis filtering. On one implementation on a 166 MHz Pentium

(1]

(7]

signals that can be accepted by any compatible decoder.
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