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Abstract—The Integer Modified Discrete Cosine Transform Conventional quantization noise shaping has been used
(ItMDCT), an integer approximation of the MDCT, is a re- o shape the quantization noise towards the high frequency
versible transform realized by the lifting scheme and thus is a bands to make the noise as minimally audible as possible [7].
useful transform for lossless audio coding. Because of the integer . . ) - .
approximation, however, the approximation error appears as Therefpre,the noise shaping filter to be applled_ tq the round_mg
“noise floor” in the transform domain and limits the lossless Operations of the IntMDCT can be treated similarly, but in
coding efficiency. the opposite way. However, as will be seen in Section lll,

In this paper, a theoretical analysis of the approximation error  the rounding noise shaping is applied to rounding operations
of the IntMDCT is discussed. The result is then used to design for signals in the time and frequency domains, whereas the

a simple test filter applied to each rounding operation of the . . o .
INtMDCT in such a way that the error spectrum is shaped conventional scheme is used for a quantization operation for

towards the low frequencies. As a result, especially when the the signal only in the time domain. Therefore, it is not clear
spectral energy of an input signal is concentrated in the low if simply applying the conventional scheme to the rounding

frequency domain, the lossless coding efficiency is improved.  gperations in the opposite way can shape the approximation
error as expected, and thus a theoretical analysis of the
approximation error is necessary before such a noise shaping

The lifting scheme [1]-based integer transforms are quiggheme is considered.
useful for lossless coding applications such as audio [2], [3]In this paper, a mathematical analysis of the approximation
and image [4] compression. These transforms are composgerbr for the MDL scheme-based stereo IntMDCT [5] is pre-
of approximated plane rotations, each of which is realized Bgnted. It is shown that the conventional noise shaping can be
three lifting steps associated with multiplications and roundpplied to rounding operations with a lowpass filter designed
ing operations. Every rounding operation introduces roundig the odd discrete Fourier transform (ODFT) [8] domain.
noise, and it is accumulated in the transform domain. THeurthermore, an experimental test shows an improvement in
accumulated noise is interpreted as the approximation errorté lossless coding efficiency when the spectral energy of an
the original floating-point transform and it appears as “noisaput signal is concentrated at the low frequency bands.
floor” in the transform domain. Although the error is cancelled This paper is organized as follows: in Section I, the struc-
by the inverse transform, it is desirable that the noise floor lewelre of the MDL scheme-based stereo IntMDCT is described.
is kept small since it has a significant impact on the coding Section lIl, the approximation error is calculated before
efficiency. This is critically important especially for losslesand after rounding noise shaping is applied. In Section 1V, a
audio coding since it requires a large size of the transforgimulation is carried out in order to illustrate an improvement
which has many stages of approximated plane rotations iniitsthe lossless coding efficiency by applying a simple test
fast implementation. filter into the INtMDCT-based lossless audio codec. Section

To improve the efficiency, the multi-dimensional liftingV concludes the paper.
(MDL) scheme was recently proposed [5]. This technique can
reduce the number of lifting steps for computing the integer
modified discrete cosine transform (IntMDCT) significantly. The MDL scheme-based stereo IntMDCT [5] transforms
As a result, the approximation error is lowered significantlyN stereo audio samples;;[n] and zyg[n] for n =
as presented in [6]. 0,...,N — 1 into N spectral linesX[k] and Xg[k] for

It is possible to improve the efficiency further by shaping = 0,..., N — 1 in the left and right channel, respectively,
the approximation error spectrum towards the low frequenciefiere N = 1024 for lossless audio coding applications.
especially when the spectral energy of an input signal The subscriptL and R indicate the left and right channel,
concentrated at the low frequencies. Since the approximati@spectivelyb denotes the frame block number. The IntMDCT
error occupies the entire band, as will be proven in Sectidor the stereo signal, as illustrated in Fig. 1, is composed of (a)
lll, shaping the error can reduce the cost to encode the no&eidentical sine window and time domain aliasing operation
by shifting the error under the audio signal. realized by the conventional three lifting steps [1] and (b)

I. INTRODUCTION

II. MDL SCHEMEBASED STEREOINTMDCT
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Fig. 1. Structure of the MDL scheme-based stereo IntMDCT. [] symbolizes a rounding operation. (a) the three lifting step structure for the sine window a
time domain aliasing operation and (b) the MDL structure for the IntDCT-IV operation.

the integer discrete cosine transform of type IV (IntDCT-IVpr s[n] in the following steps until it reaches the output, the
operation realized by the MDL steps [5]. In Fig. 1 (a), onlyaccumulated noise at the output can be given by:

the left channel case is drawns[n| and s[n] are the lifting

coefficients and given bys[n] = (c¢[n] — 1)/s[n], ¢[n] = eouln] = —c[nleq + cslnje, e, (1)
cos f[n], and s[n] = sin 0[n], whered[n] = 7/(2N)(n + 0.5) ewe[n] = s[njeq — es, (2)
forn =0,..,N/2 —1. e,, e, ande, is the rounding noise
introduced in the rounding operation associated with the fir
second, and third lifting step, respectively. Since the liftin A ’ > g
coefficients are floating-point values and not quantized, tR8d¢wr be the approximation errors associated witly, and
rounding noises are assumed to be white and in the range’eft: "€SPectively. Then, these estimated variances are given
—0.5 and 0.5. The outputs of the window and time domairP the following equations:

gyhere eww ande,y are the accumulated rounding noises at
51’e upper and lower port of the output, respectively. &gt

aliasing operation are flipped and the sign is changed, and P[ X —1—n]4es?[¥ —1-n]+1
becomex,;[n] and x,r[r], which are the inputs of the 12 N
INtDCT-IV in Fig. 1 (b). Note that the subscriptis omitted  E[e2  [n]] = E[e2 ;[n]] = for n=0,....,5 -1

from zy,; and z,,r and the rest of the signals in Fig. 1
(b) since all the signals processed by the IntDCT-IV are in for n= % e — 1.

the bth frame. As these signals go through the MDL steps 3
each of which has the floating-point DCT-IV and roundingince both channels have the identical structure, only the left
operations, the rounding noisé, E», and E3 are injected channel case in (3) is proved briefly. Sineg;, is obtained
into the signals. Because of using floating-point DCT-IV, thky flipping the value and the sign changing &f,, ande,,,
rounding noises are assumed to have the same statistigs ast can be given as follows:

ev, andec. f —ewu [ —-1-n] forn=0,....5 -1,
e“’LH{—ewg[n—g] forn=2,...,N—1.
4)
Sincee,, ¢, ande,. are uncorrelated with one another and
In this section, we mathematically analyze the approximaach variance is equal ty12, E[e2 ,[n]] and E[e2 ,[n]] can
tion error of the MDL scheme-based IntMDCT before antle computed byt /12(c?[n] +cs?[n]+1) and1/12(s%[n] + 1),
after rounding noise shaping is applied. In each case, wespectively. From these equations with (1) and (2), the left
compare the approximation errors obtained by results of theannel can be proved.
analysis and actual implementations to verify the results of theLet us start analyzing the approximation error spectra at the
analysis. The input audio signals for the implementations asatput of the IntDCT-IV when the inputs are,;, and z,,r
chosen to be théb audio items used in MPEG-4 task groupwith the approximation errors,,;, ande,z. The spectra at
for lossless audio coding (the sampling frequen8ikHz and the spectral line indeX, E[k] and Eg[k], are given by
guantized atl6bit PCM) [9]. In each audio item, frames .
representing silence are excluded since audio samples in these Eplk] = Ciy(ewr +E1) + Ealk], (%)
frames are so small that the rounding noise added in lifting Er[k] = Cky(ewr — Ez) + Eslk], (6)

steps cannot be simply assumed to be white and have a
uniform distribution. where fork =0,...,N—1. ey, €wr, E1, andE, are N x 1

column vectors oty [n], ewr[n], E1[k], Ea[k], respectively.
A. Case 1: No Rounding Noise Shaping Ck,, is thek'" row vector of thelV x N DCT-IV matrix whose

: . o _ . n'" element is given by
First of all, the rounding noise introduced in the three lifting

steps in Fig. 1 (a) is treated. Since the noise introduced in C ]2 7r 1 i 1 7
each lifting step is multiplied by the lifting coefficients|n) Wik =\ s g\ T3 t3)): )

IIl. ATHEORETICAL ANALYSIS OF THE APPROXIMATION
ERROR



(5) and (6) can be derived from the structure of the MDL stepsoof for the left channel is completed. For the right channel,
in Fig. 1 (b) andC},+ = Cry. From these two equations, thethe same procedure can be taken as prove. &
variance of £, and E in case of no rounding noise shaping
can be approximately estimated by the following theorem:  (8) and (9) show that each of[E?[k]] and E[E%[k]] is
approximately given by a summation of an average variance
Theorem 1 In case of no rounding noise shaping, thef the rounding noise introduced in the window and time
variances of the approximation error in the IntMDCT domaidomain aliasing operation and two white noises introduced
in both left and right channels are approximately given as the MDL steps. Consequently, the estimated error variance

follows: for each channel is approximately flat as shown in Fig. 2.
E[EL[K] =~ 03, + 02 + E[E3[K]), (8) o  onoums
E[B}[K] ~ o2, + 02 + E[E3[K]], ©) Cam) [ e
where 0a 04
1 N71 1 N*l 0.35 b 0.35
O—gu) = N E[ei}L[nH = N Z E[ei)R[n]]v (10) 03 % 03
'VLZO 'VLZO 0.25 0.25
1 N-1 1 N—-1 :
0% = & > BIEM) = & Y EESK). (11) " |
k=0 k=0 -
Proof: From (3), e,,;, and e,z have the same variance. In o 1 o1
addition, F;, E5, and E3 have the same variance as well. 005 1 005
Thus, both (8) and (9) are expected to have the same value, S T o
and hence we will only prove the left channel case. Spectaline index Spectraline index k

Since e, is a colored noise from (3) and; and £, Fig. 2. The variance of the approximation error at the output of the IntDCT-
are white, they are uncorrelated with one another. Thus, tivecomputation. E[E2 [k]] for the left channel andZ[E%[k]] for the right

variance ofE; [k] can be computed by (5): channel.
N_1 2 2. d. - h .
E[E2[K] = Z ewr M Crv.(km) B. Cas_e : Roun_ ing Noise S gpmgI |
n—=0 In this subsection, the approximation error is re-calculated

2 after rounding noise shaping is employed. Fig. 3 shows a block
diagram of the conventional noise shaping scheme applied to
2
+E Z Eqlk CIV(k | | T EE K] a rounding operation in a lifting step.

N-1 Scalar/Matrix |
1 Xl =\ tplicaion] 4 v
=N Elel,p[n]] (14 Ca,ke,n)) - " +
n=0 en]
R BB (1+C ) + B3], (12)
N 7 ! A(k k) 2 ’ Fig. 3. A block diagram of rounding noise shaping for a lifting step. []
k'=0 symbolizes a rounding operation.
where Cy .,y = cos (3 (n +4)(k+14)). Since
E[Ez[k/]] = 1/12 constant fork’ = 0,...,N — 1 and In this figure,z[n] is an input of the lifting step which is
Zk CA ey =0, (12) is S|mp||f|ed as fo||0W mulrt1ipliehd by ﬁscalar cons]:takr:t. Thiztype of operatior;s appelars
at the three lifting step of the window operation. The scalar
E[E2[K]) = 02, + 02, + E[E2[k]] + e[k], (13) multiplication is replaced by a DCT-IV multiplication for the

case of MDL steps. After each multiplication, the signal is
added by a filtered version of the rounding noige]. The

o 1 1 result is then rounded and becomes the ougpul.
=N Z Eley,p[n]] cos (N (n + 2) (k + 2)> : H'(z) is a causal filter of ordei/. The noise shaping filter
formulated in Fig. 3 can be represented8yz) =1+ H (z)

In fact, it is quite complex to simplify[k] further by using (3). where H(z) = Zf\f:o hin]z=™ and h[0] = 1. The filtered
Fortunately,e[k] is a deterministic function, and the absolut@oisee[n], ex[n], and the DCT-IV coefficient at the spectral
value is bounded by around.015. On the other hand, aline indexk, Eyk], can be computed by
summation of the other terms in (13)2, + o2. + E[E3[k]],
is around0.2937 constant fork = 0,..., N — 1. Thus, €[] Z h[m]e[n — m], (14)
can be assumed to be approximately zero. Consequently, the

wheree[k] is given by the following:

m=0



and where E,,ro0 and Eio are the ODFT coefficients o, r,[n]
and E4 [k], respectively. ThenE[E? ; ;;[k]] can be calculated

Enlk] = \/ENZ_S ex[n] cos (;\Tf (n + ;) (k; + ;)) as follow:

2N—1
M ) 2 i ) ,
= 21’%6{W’€ Z h[m]e? Fm(k+3) ElE,Lulkl] = N [Re{W"Holk]}] Z Elez ;[n]]
N n=0
m=0 M—1 2 22N—1
Y e[n}e—j?&"(’ﬁ“é)}, XCh oy + 5 AW Ho[K}]” Y Elet,p[m]
m=0
n=—m 4
2 k k
where N — 1 > M and bothh[m] and e[n — m] are real. XS, (k,m) — 7y RAW " Ho k[ m{W"Ho K]}
Wk = e—izn (k+3), Sincee[n] is assumed to be stationary 2N-12N-1
white noise, the second summation of above equation is x >3 Elewsnlews[mCa,(m SB.(km)»
approximately the same in case of anyas long asN — n=0 m=0

1— M > 0. Thus, Ex[k] can be computed by the following

approximation: where Re{z} and Im{z} takes a real and an imaginary

part of a complex numbet, respectively.Cg 1, =

[9 / cos (%n (k + %)) andSg (j,m) = sin (%m (k + %)) Since
Eplk] = NRB {WkHO[k]EO[k]}7 (15) Elewr[n]ewr[m]] = 0 for n # m, the approximation above
implifi follow:
whereEp[k] and Hp[k] are the ODFT [8] coefficients af[n] can be simplified as follow
and hm)|, respec_:tlvely. _ _ _ S E[E2, ;K] ~ |Hok]|?02,
We now consider applying this noise shaping filteinto . 9 . 9
all the rounding operations in realization of the IntMDCT + ([RB{W Holk]}]” — [Im{W"Ho[k]}] )%W
except the rounding operations in the third MDL step. In other 49 (Re{W’“HO (K]} Im{W* Ho [k]}) bolk],  (22)

words, the filter is used to shape [n], ewr[n], E1[k], and

EQ[k'] Let ewLH[n], ewRH[n], E1H[k‘}, and EQH[k'] be the WhereJT is given by (10) and
corresponding shaped noise, convolved by the noise shaping v

filter h, respectively. From (5) and (6), the approximation error = -
at the spectral line indek in the INntMDCT domain,Er i [k] duwlk] = i E[e ; [n]] cos (Nn(Qk + 1)) )
and Erp k|, can be given as follows: n=0
N—-1
Erulk] = Cly(ewrn +Ein) + Eaulk],  (16) Volk] = % Ele2  [n]] sin (%n@k + 1)) .
Ern [k] = CIICV (ewRH - EQH) + E3 [k]v (17) n=0
whereeypy, ewrr, Ein, andEyy are N x 1 column vec- | jkewise, E[E2,[k]] can be simplified and given by the

tors of ey rm(nl, ewrm(nl, E1u(k] and Exp (K], respectively. following approximation which is similar to (22):
ewrun|, ewrm[n|, E1m[k], and Ex g [k] are uncorrelated with

one another, since each one of them is, as it is given by (14), E[EBJ[’CH ~ |Ho[k]|?02,
a linear combination of an uncorrelated noisg,[n — m], & 2 & 2
ewr[n — m], Er[k — m], and Ey[k — m], respectively for + ([Re{W Holk]}]" — [Im{W" Holk]}] )gbc[k]
m = 0,..., M. Hence, the variance ot y[k] and Ery|[k] +2 (Re{W*Ho [k} Im{W"Ho[k]}) c[k],  (23)
can be given by

whereo2, is given by (11) and

E[ELyl¥)] = E[E, M)+ E[E% K] + E[E3y k), (18)
BERylk]] = E[Epylk]] + E[Ey[k] + E[E[K]. (19) 1 = , T

/ / K = 5 0 BB cos (K (24 1)),
whereE, i [k], Ewrulk], E| 5 k], andE,; [k] are the DCT- N~ N
IV coefficients ofe,ru[n], ewrm[n], Eiulk], and Eqp[k], N_1
respectively. They can be obtained similar to (15) and substi- Pelk] = 1 Z E[E? [k']] sin (114;/(% + 1)) .
tuted to simplify (18) and (19). However, due to a limitation N Y=o

of the paper space, only the left channel case is shown. In the

left channel,E,, . [k] and E ,,[k] are given b
wirlF] 1 F] 9 Y Finally, (18) and (19) can be re-written as the following

Furnlk] /%Re {W’“HO [k]EwLo[k]} . (20) approximations:

, 2 X , Theorem 2 In case of rounding noise shaping, the variances
Eiplk] = NRQ{W HO[k]Elo[k}}’ 1) of the approximation error in the INtMDCT domain in both

Q



Left Channel R\gh( Channel

left and right channels are approximately given as follows:

B(E} (k)] = |Holk][* (02, + 0Z) + E[|h[k] * Es[K]|*) 1
+a[k)(bu[k] + Ge[k]) + BIK] (Vo [k] + e [K]), (24) |
[ERH[ || = [HolKP (0%, + %) + B[E3[k] ~
Folk](¢wlk] + ¢c[k]) + BlE](Yw[k] + ¢e[k]), (25) N 1
wherex indicates the convolution operator and o ] oo
alk] = [Re{W*Ho[k]}]” — [Im{W*Ho[K)}]”, I
Blk] = 2Re{W* Ho [k]} Im{W* Ho[k]}. g I \
Proof: (24) can be directly derived from (18), (22), S N S N S S R
and (23). (25) can be obtained similarly by the fact that T st et " oot
Ele3, [m]] = Ele},g[m]] and E[EF[k]] = E[E3[k]). &

Fig. 4. The variances of the approximation error before (flat lines) and after
] (curves) the noise shaping filtéf (z) = 1 4+ 2! is applied.
(24) and (25) show that,,;, and E; in the left channel and

ewr and Fy in the right channel can be shaped B [k]. TABLE |
However’ the third and forth terms are Sub-products of the AVERAGE BIT RATES OF LOSSLESSLY COMPRESSED TEST AUDIO
noise shaping. Thus, it is necessary to evaluate the impact ITEMS(BITS/SAMPLE)

on the noise shaping numerically. Sineg:] < |Hpl[k]| and ‘ o filter ‘ Hz) ‘
B[k] < |Holk]| fork =0,...,N —1, how largeg,, [k] + ¢.[k] Tk 1ot [ 7755 | 7749
and vy, [k] + (k] compared tow2, + o2, are evaluated by 96kHz 16bit | 5.380 | 5.364
using (3) andE[E2[K]] = E[E3[K] = 1/12. ¢ulk] + éc[k],
and ¢, [k] + v¢.[k] are bounded by around.13 at only a
few low and high frequencies and the values are close to

zero elsewhere, whereag,, + o2, is approximately0.2937 scheme can be applied for rounding noise shaping in the
constant. This indicates that the impact is minor and it %DpOSIte way by using a filter c_ie5|gneql in the ODFT domain.

r% experimental test was carried out in the IntMDCT based
t

possible to shape the noise injected into the window and ti _ . :
sless audio codec. The result showed an improvement in

domain aliasing operation and the first and second MDL s di fici ially wh h | f
by using the noise shaping filtéfo [k]. the coding efficiency especially when the spectral energy o
the input signal is mainly concentrated at the low frequencies.

IV. LOSSLESSCODING IMPLEMENTATION

In this section, a simple test filteF (z) = 1 + 27! is 1] 1. Daubechi 4 W, Sweld “Eact Wavelet Transf it
: H aupbecnies an welaens, acl orlng avelet lranstorms Into
incorporated into the stereo INtMDCT followed by a context Lifting Steps.” J. of Fourier Anal. Appl. vol. 4, no. 3. pp. 247-269,

based arithmetic encoder [10] to evaluate an improvement of 199s.
the lossless coding efficiency due to the noise shaping. TH& R. Geiger, T. Sporer, J. Koller, and K. Brandenburg, “Audio Coding

input audio signals are thé5 MPEG audio items used in Efgggn?r'sr;fger Transformsl11th AES Conventiobecember 2001,

previous section and samé items with sampling frequency [3] T. Krishnan and S. Oraintara, “A Fast and Lossless Forward and Inverse
96kHz. Structure for the MDCT in MPEG Audio CodingProc. of IEEE ISCAS

. . . vol. 2, pp. 181-184, May 2002.
In order to confirm the noise shaping effect B#(z), a 4[)4] J. Liang and T. D. Tran, “Fast Multiplierless Approximations of the

comparison between theoretical curves calculated by (2 DCT with the Lifting Scheme,1EEE Trans. on Signal Processingol.
(25), and numerical data dffp, and the actual data obtained _ 49, no. 12, pp. 3032-3044, December 2001.

. . . s . . 5] R. Geiger, Y. Yokotani, and G. Schuller, “Improved Integer Transforms
by using the Input audio items, and it is shown in Fig. 4. On for Lossless Audio Coding,Proc. of the Asilomar Conferencgol. 2,

observes that the filter lowers the error spectrum at the high pp. 2119-2123, November 2003.
frequencies (approximatellyz 700 for both Channe|5). [6] R. Geiger, Y. Yokotani, G. Schuller, and J. Herre, “Improved Integer

. Transforms using Multi-Dimensional Lifting,Proc. of IEEE ICASSP
Table I shows average bit rates of the losslessly compressed | 2, pp. 1005-1008, May 2004.

audio items in case of no noise shaping and when the noi$g M. Gerzon and P. G. Craven, “Optimal Noise Shaping and Dither of
shaping filter is present. An improvement is observed espeé] Eigijtalgiggalsy’f 87th ':ES COHVE”tiOTDCIObef 1389621??“9 2822. .
. P . : - . J. S. Ferreira, “Accurate Estimation in the omain o
cially when _the sampling frequency of Fhe input signals '4 the Frequency, Phase and Magnitude of Stationary Sinusoi@E
96kHz. In this case, the spectral energy is more concentrated workshop on Applications of Signal Processing to Audio and Acoustics
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