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Abstract—Marquardt optimization method is used with the ~ quality of the signal. So Quadrature Mirror Filtg@MF)

cosine modulation to design the two channel Quadeat comes as a solution to this problem as it saves the
mirror filter bank (QMFB). A low pass FIR filter is bandwid.th and ingreases efficiency without compsing
designed using the above method and then the &itegs the quality of the signal.

for the QMF is designed using this low pass praqietijlter.

Objective function that has to be minimized in {haper is
an equation formed by summing the pass-band estop- P Hl v > 4 > Gl
band residual energy, square error of the filtemkaat77/2 X ol el ol
and reconstruction ripple. As compared to the @dgst
method the proposed algorithm gives better perforrean
terms of number of iteration required and the total
computation time used by CPU.
Keywords— CMFB, cosine modulation, NOI, NPR,
Unconstrained optimization method. N > ¢ > 4 o FL—»

. INTRODUCTION i u il v
QMF banks has a very wide range of application$ sscin
sub-band coding of speech and image signals [5pélech Fig.1: Basic structure of two channel QMF
and image compression [7,8], trans-multiplexers1[9;- A
equalization of wireless communication channels],[12
source coding for audio and video signals [13],igte®f . .
wavelet bases [14], sub-band acoustic echo catioella k(e IKe)|
[15], and discrete multi-tone modulation systeng].[1
The most frequently used filter bank among all Mband
filter banks is cosine-modulated filter bank (CMFB)
because the designing is easy and more realizZiahtethat
of any other filter banks [3, 6]. In CMFB all thidtdrs are | =
cosine modulated ver_sion of a low-pass prototylmerf_iSo 0 on /2 o " II
the design of whole filter bank reduces to the glesif a
single prototype filter. Implementation of CMFB aists of Fig.2: Frequency response of the filter
one prototype and a discrete cosine transform (D&Ear Figure.1. shows the typical two channel QMF bank an
perfect reconstruction (NPR) finite impulse respo(BIR) figure.2. shows the frequency response of thierfilThis
CMFB avoids computation of large matrix sets. Thare filter splits the signal into two sub-bands usinghapass
two types of CMFB one is with perfect reconstructid] and low-pass filters HZ) and H(Z) respectively. These
and the other is pseudo-QMF [8]. Unlike PR filtemks, in signals are decimated, coded and transmitted on the
pseudo_QMF a”asing is canceled approximate|y dmel t transmitter side. These Signals are decoded, [Dimfpj and
distortion is approximately a delay [3, 6] and the then finally passed though the filters to recombthe
approximation improves with the filter order. Itutd be signals. The reconstructed signal is not exacticepif the
also called a Specia| case of perfect reconstnm(mmz transmitted Signa', it suffers from three typeSjMOI'tionS:
bank. amplitude distortion (AMD), phase distortion (PH@Rhd
It is found in many signals that their energy isniteantly aliasing distortion (ALD).
concentrated in a particular region of frequenays@ve the Most of the researchers stresses on the elimination
bandwidth in such Signa|5, Signa| can be Comprem minimization of these distortions to obtain the fBe’f

decimated. But simple way of compression affects th
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reconstruction (PR) or near perfect reconstruc{iPR)
system [4].

Aliasing can be cancelled completely by choosing th
appropriate synthesis filters with respect to tmalgsis
filter phase distortion can be eliminated by usihg linear
phase FIR filters [5-6]. Amplitude distortion caa teduced
using computer aided techniques [7].

Most of the researchers stresses on the eliminabion
minimization of these distortions to obtain the fper
reconstruction (PR) or near perfect reconstruciNiPR)
system [8].

II. ANALYSIS OF QMFB
General equation for the two channels QMF is giaen

Y@ = Ho(2)e(2)+ w2l 2lx @)+
“IHo(-2)6,(2)+ H,(-2)8,(2)IX (- 2)

The second term in the above equation represeatalits
component in the output.
Alias component X(-Z) can be removed by choosing th
synthesis filter such that to make the second & such
as
Gy(2) = H,(-2) andG,(Z) = -H,(- 2) @)
After removing the alias component from the equatib)
overall transfer function is given by

_Y(z) _1
T(Z) (=)~ 7[H0(Z)GO (Z)+ Hl(Z)Gl(Z)] ®3)

X(z) 2

Y(n) suffers from amplitude distortion (AMD)( if (Z)| is
not constant for all value ab,) and it would suffer from
phase distortion (PHD)( if T(Z) doesn’t has lingdrase).
So to eliminate AMD |T(Z)| should be all pass awd t
eliminate PHD T(Z) should be linear phase.
When all the filters involved are linear-phasecfi#t transfer
function of the QMF T(Z) would behave like lineangse
filter that would remove the phase distortion i @QMF.
The relation of analysis and synthesis to eachrashgiven
as [9-10]
Hl(Z) = Ho(_ Z)’Go(z) = Ho(z)7
Gl(z) = _Hl(Z) = _Ho(_ Z)
Using equation (3) and (4), we get

7(2)=[H,’(2)- R 2) ®

So it's clear from the equation (5) now to get timear-
phase transfer function we need to have lineargtas-
pass linear phase filter.

One of the most frequently used filter bank amolhdhe
M-band filter banks is cosine-modulated filter bank
(CMFB) because the designing is easier and motizabke
than that of other filter banks [11-12].

(4)
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It is one of the efficient techniques which providenimum
computational cost for the design of filter banks CMFB
all the filters are cosine modulated version ofow-pass
prototype filter. In this technique all the anady$iters and
synthesis filters are simultaneously generatedhylbw-
pass prototype filter. So the design of whole ffilEank
reduces to the design of a single prototype fijie3-18].
Implementation of CMFB consists of one prototypeal an
discrete cosines transform (DCT).

All of these filters can be designed using eithes hear
perfect reconstruction (NPR) or perfect reconstomc{PR)
[19]. Many prominent authors has been studied tisne
modulated filter banks with PR and NPR conditiomsl a
find that NPR type is more realizable, computatigna
efficient and more simple in comparison to the HR][
20-22].

lll. DESIGN USING PROPOSED ALGORITHM
Cosine modulated-QMF bank is designed in two steps,
first step a low pass prototype filter is desigrssdiecting
appropriate objective function and applying suieabl
optimization method. In the second step cosine hadidn
is applied and all other filters are obtained usihg low
pass prototype filter. Here objective function usedhis
paper is an equation that is combination of passttearor,
stop-band residual energy, square error of therfittank
transfer function and reconstruction ripple denobgdE,,
E,, E and rr respectively.

Objective function Bis given as

Bi=y+t+v+n; (6)
Where, y= L*E, t=*E,, v=K*E; and n=g*rr

Where L, j, k and g are constants.

Pass-band error is expressed as

E,=b'*q,*h ™
Where

= [(1-c)a-o de
sk ®)

E; is stop-band residual energy of the prototyperfihich
is given by

E.=b*p*b’ ©)
Where

1 T
P :7—_[(:[0* c'dw

s 0j1
E; is the square error of the prototype filter giveen
()1
E =7 *a)-H,1 an

Where
c=[coz{(N-1)/2)cozd(N -1)/2-1...codw/2)|" w2
d=c evaluated ab = /2, H,; is the amplitude function

and Hy=(1/2)"Hy
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Where H,=b*c
rr is the reconstruction ripple of the prototypéefi
max W min W
10* Iog|T0 (eJ )|— |10* Iog|T0 (eJ 1| (13)
w w

Obijective function defined by the equation (6) ®imized
using Marquardt optimization method.

=

Cosine modulated filter bank
After designing the low-pass filter all filters ahalysis and
synthesis sections are obtained by cosine modalafithe
prototype filter using the following relations.
H(k,n) =2 * (real(a(k)) * n1+imag(a(k))* n2)* h(n) (14)
Where nl and n2 is given as
nl=cos(pi* (2*k -1 * (2* n-1) /(4 * nband9)
(15)
n2 =sin(pi* (2* k-1 * (2* n-1) /(4 * nbandg)
(16)
Where ‘nbands’ is equals to the number of sub-bamdise
Quadrature mirror filter.
There are two main advantages of cosine modulalted f
banks are, first one is the cost of whole analysiers
reduces to the cost of one prototype filter plus tost of
modulating and second one is we need not optimize s
many parameters. The number of parameters neea to b
optimize becomes fewer.

V. OPTIMIZATION ALGORITHM
Here we are optimizing the objective function using
Marquardt optimization method. If Is the minimum value
at the t' step then b, at t+1" step can be calculated by
using Marquardt optimization method as follows

b, =b ~[3,]"0g
where
J,=H, +al,

17)

(18)
Where [1¢ is the gradient of the objective function, it

the Hessian matrix, & a fn stage iteration constant and | is
N/2 x N/2 identity matrix.

where

H, = 2(¢+ M) 19)
where B is a constant and D=d*d !
d =codel(N-1/2)-N/2)) ;i o = 7/2)

and Og = 2(p+ AD)h (20)

Steps for optimization

(1) Setinitial values of, e, a >1,b <1, andN.
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2) Set initial design vector
h, = [h, (0)h, Wy (2).....1, (N /2)-2]T  such that

energy is unit remains within a specified tolergnee,

1—22h§(k)(<el

u=

(21)
(3) Set the iteration number t= 0, and:2h.
(4) ComputeV ¢, using Eq. (12) at the design vecter b
(5) Compute the Hessian matrix H using Eq. (19) thel
matrix J using Eqg. (18).
(6) Compute the new or improved approximation

-1
b, =b -[3,]"0q
(7) Compute the value ofi, at the point f;, and if value is
not satisfied then choose the optimum point gsskop the
procedure and go to step (10).
(8) If the condition is satisfied at the poiptibcompute the

objective functiongy.; at the point by If @, 2@ ,
choose the optimum point ag,lstop the procedure and go
to step (10). If@,, <@, set@ = @, and b= by,

(9) Set the new iteration number ast+1,a=a Xb and
go to step (3).
(10) Compute h=(1/2)b; and stop the procedure.

V. RESULT AND DISCUSSION
A new two channel Quadrature mirror filter with aw
objective function is designed and compared wite th
previous one. Here we see that performance of filtiéh
new objective function is even better in terms &Ltime
and number of iteration required in the optimizatio

) Gain of the-analysis filter
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: ] : : t : low pass filter
— — high pass filter []

Gain; dB

Fig. 3: Gain of the analysis filter
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Fig. 4: Reconstruction error graph of the filter

Amplitude distortion graph of low-pass filter
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Fig. 5: Amplitude distortion graph of the filter

Insertion loss graph of low-pass filter
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Fig. 6: Insertion loss graph of filter
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Table 1Performance parameter of the designed QMFB

(1]
(2]

(3]
(4]

(3]

(6]

(7]

(8]

(9]

Eirlézrr Bands CPU time NOI
20 2 0.109082 34
32 2 0.C1218¢ 18
40 2 0.008717 15
60 2 0.007720 10
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