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Minimax Design of Two-Channel
Nonuniform-Division Filterbanks Using IIR
Allpass Filters

Ju-Hong Lee and Yuan-Hau Yang

Abstract—The design of two-channel linear-phase nonuni-
form-division filter (NDF) banks constructed by infinite impulse
response (IIR) digital allpass filters (DAFs) in the sense of L,
error criteria is considered. First, the theory of two-channel NDF
bank structures using two IIR DAFs is developed. Then, the
design problem is appropriately formulated to result in a simple
optimization problem. Utilizing a variant of Karmarkar’s algo-
rithm, we can efficiently solve the optimization problem through
a frequency sampling and iterative approximation method to find
the coefficients for the IIR DAFs. The resulting two-channel NDF
banks can possess approximately linear-phase response without
magnitude distortion. The effectiveness of the proposed technique
is achieved by forming an appropriate Chebyshev approximation
of a desired phase response and then to find its solution from a
linear subspace in a few iterations. Several simulation examples
are presented for illustration and comparison.

Index Terms—Allpass filter, minimax optimization, nonuniform-
division filterbank.

1. INTRODUCTION

OR many communication and signal processing systems,

quadrature mirror filter (QMF) banks have been widely
used to achieve the goals of subband coding and short-time
spectral analysis [1]-[4]. In these applications, a QMF bank
is used to decompose a signal into subbands and the subband
signals in the analysis system are decimated by an integer
equal to the number of subbands. However, two-channel QMF
banks are not appropriate systems to match the needs in a
great variety of applications. A typical example is critical band
analysis with a filterbank that can be utilized in spectral analysis,
coding, enhancement, speech recognition, and audio signals.
For the subband coding of speech and audio signals, the most
appropriate decomposition must consider the critical bands of
the ear. It has been mentioned in [5] that these critical bands
have nonuniform bandwidths and cannot be easily constructed
by conventional tree structure based on two-channel QMF
banks. Hence, it is worth exploiting the design problem of
two-channel nonuniform-division filter (NDF) banks with linear
phase characteristics.
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In the literature, the authors in [6] have presented the basic
theory regarding the principle and related conditions of perfect
reconstruction for NDF banks. Methods for designing the NDF
banks were also proposed in [6]. However, solving the resulting
design problem with nonlinear constraints is not an easy task.
A different structure for NDF banks was introduced in [7],
and a design method based on the use of pseudo-QMF was
also presented. The main drawback is that the resulting NDF
bank requires FIR filters with complex coefficients to reduce
the aliasing distortion. Recently, one of the authors proposed
a structure for two-channel NDF banks and presented design
methods for optimally designing FIR NDF banks using the
least-absolute (L4) error [8], [9], least-squares (Lz) error [10],
[11], and minimax (L) error criteria [12], [13], respectively.

Although the NDF bank designs in [9], [11] were developed
using IIR analysis filters, all of the designed NDF banks suffer
from the magnitude distortion as well as the phase distortion.
To alleviate the magnitude distortion, the design results for IIR
linear-phase QMF banks based on real allpass sections and com-
plex allpass sections have been reported in [14]-[17], and [18]
and [19], respectively. The main advantage of using allpass sec-
tions is that the designed IIR QMF banks can possess approxi-
mately linear phase response without magnitude distortion.

In this paper, a technique for the minimax design of two-
channel linear-phase NDF banks using real IIR digital allpass
filters (DAFs) is presented. We first develop the principle and
structure for the NDF banks using real IIR DAFs. Then, the
design problem is formulated by using the minimax error criteria
on the phase approximation to obtain an appropriate objective
function that leads to a nonlinear optimization problem. To
effectively tackle the resulting nonlinear minimax optimization
problem, we utilize a nonlinear minimax algorithm [20] to result
in a sequence of linear Chebyshev approximation problems.
Each of the linear Chebyshev approximations provides the
required increment for updating the filter coefficients during
each iteration. As a result, the key operation of the proposed
technique is to find the linear Chebyshev approximation of
a desired phase response from a linear subspace related to
the objective function. This can be easily solved by using a
variant of Karmarkar’s algorithm [21]. Several design examples
showing the effectiveness of the proposed technique are also
provided.

This paper is organized as follows. Section II presents the
principle of a two-channel linear-phase NDF bank using real
IIR DAFs. In Section III, we formulate the associated design
problem to obtain a nonlinear minimax optimization problem.
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Fig. 1.

A design technique based on a nonlinear minimax algorithm
in conjunction with a variant of Karmarkar’s algorithm is
then developed to solve the resulting optimization problem in
Section IV. Section V presents several design examples for
illustration and comparison. Finally, we conclude the paper in
Section VI.

II. TWO-CHANNEL LINEAR-PHASE
NDF BANKS USING IIR DAF

A. Conventional Two-Channel NDF Bank Structure

Consider the two-channel NDF bank with a system archi-
tecture shown in Fig. 1 [8]. Hy(z) and H;(z) designate the
lowpass and highpass analysis filters, respectively, and Fy(7)
and F'i(7) designate the lowpass and highpass synthesis filters,
respectively. By(z) and By (z) are two lowpass filters that are
responsible for achieving aliasing-free operation during the
rational decimation and interpolation. Using the modulations
of multiplying exp(jn) in a highpass subband channel leads
to the favorable result that By (7) can be lowpass filter with real
coefficients. The desired magnitude responses for Hy(z) and
H,(z) with passband bandwiths equal to 7Lo/L and 7L /L,
respectively, are shown in Fig. 2, where L = Lo+ L. w,
and ws denote the related band-edge frequencies satisfying
wp + ws = 2wLg/L. Let the associated magnitude responses
be set to

1, we [0, 2’—0}
Bo(CA)) - 2T —w
0, we[ I, ",ﬂ]
1, we€ [0, WZTP}
By(w) = e (1)
0, we [ L1p77T:|

Two-channel nonuniform-division filterbank system. (a) Analysis system. (b) Synthesis system.

|H, ()] |H, (")

LL LL

o, LT . o, m

Fig. 2. Desired magnitude specifications for the analysis filters.

Hy(z) and H1(z) have zero stopband response. Considering the
design of linear-phase lowpass filters Bo(z) and B;(z), many
effective design techniques can be utilized in the literature, e.g.,
the well-known Parks—McClellan technique can provide very
satisfactory design results. Therefore, we focus on the problem
of designing the analysis filters Ho(z) and H;(z) of the pro-
posed NDF bank. As shown in [10], the input/output relation-
ship of the NDF bank in the frequency domain is given by

e*jGow
Lo
+ X (W) Ho (W)

X (/) =

[X (e7) Ho(e™)

+X (ewaL—LO) H, (ej‘“WL_LO)} Fo(e?®)

e—jGuu
L,

+ X (ej“WLLl) Hy (ej“’WLLl)

' (ej“WL_Ll) Hy (eijL—Ll)] Fi(e?) (@)

[X(ej“)Hl(ej“’)

Authorized licensed use limited to: National Taiwan University. Downloaded on March 25, 2009 at 02:32 from |IEEE Xplore. Restrictions apply.



LEE AND YANG: MINIMAX DESIGN OF TWO-CHANNEL NONUNIFORM-DIVISION FILTERBANKS

where G and G are the resulting group delays of the upper
and lower channels, respectively. Wy, = exp(—j2x/L).
Substituting L = LO + Ll,Fo(ejw) = Hg(ejw)7F1(ejw) =
—Hy(e?%) into (2) yields

X(e7*) = T(e’) X (/%) + Vi (™) X (%)
+Va(eP) X (ejwwfl) 3)

where
. e—iGow o, e—IG1w o,
T(e™) = TLo Hy(e) - IL, Hi(e’) @)
. e_jGow . . L
V) = Sy Hole ) Ho (W)
eilew . . L
S H(e) Hy (ef“’WLO) )
jw e—jGow jw jwrrrL
Va(e) = “pp—Ho(e) Ho (W)
e—lew jw jw L
S H(e) (eJ WLl). ©6)

The first term of (3) represents the response of a linear shift-
invariant system 7'(¢7“’) with input X (¢*), whereas the other
two terms represent the resulting aliasing distortion. Therefore,
the perfect reconstruction for a group delay g; requires the
following conditions:

PR1: T'(e?%) = e7994%  Vw € [0, 27]
PR2: Vi(w) =0, Yw € [wp,ws]
PR3: Va(w) =0, Yw € 21 — ws, 2 — wy]. (7

Assuming Go = G for simplicity, we can neglect the phase

term e ~7“G0 of (4) and express T'(e’“) as

Hi(e?)  Hi(e??)
LLg LL;

Moreover, we note from (5) and (6) and L = Lo + L4 that the
aliasing distortion can be eliminated if

T(e) = 8)

N . 1 .
V() = p7Ho (e7emr =) Ho(e?)
1

_ Hw—wp—ws) juo
e (e )Hl(e ) (9

equals zero for w, Sws ws. Following (8) and (9), we can
reformulate the conditions of (7) for perfect reconstruction as
follows:

PR1:
PR2 :
PR3 :

T(ejw) _ e—jkdw7
Ho(@jw) = 0,
Hl(ej“) = 07

j(w—wp—ws)> jw
LLO H, (6 Ho(e’*)

= L—LlHl (ej(w_“’P_WS)) Hl(ej“’)7 for w, < w < w;
(10

forO0<w<7
forws <w<m
for0 < w < wy

PR4 :

where kg = g4 — Go.
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Fig. 3. Proposed system structure for the analysis filters.

B. IIR DAF Based Two-Channel NDF Bank Structure
Let the frequency responses for two IIR DAFs be expressed

as

Sy (el

Al(ejw) _ e—lew n=0 "1
Sl ar(n)e=ine
—JNiw = jw
_ e J D'l(eJ ) _ ej01(w) (11)
Dl((i]w)

and

N. inw
Ag(ejw) — e—jNgw Znio a2(n)e]
ivio as(n)e—inw
e 9N Dy(e)
D2(€jw)
with orders N and No, respectively. Using these two IIR DAFs,

we construct the lowpass and highpass analysis filters Hy(z) and
H;(z) of Fig. 1 as follows:

TLo
2

— edb2(w)

12)

7

Ho(e?) = [A1(e7) + As(e?)]

[ i01(w) 4 ]92@)]

o(1255)

+92( )) 03

and

\/L_LO
m

enli
m

Hl(ej“’) =

[As(e*) —
_ LL [ejel(w)_ejeb(w)]
2

01 (w) — 02 (w)
2
6 0
. exp<j 1(w) + 2(w)>
2
respectively. Fig. 3 shows the analysis portion of the proposed

two-channel NDF bank structure. Substituting (13) and (14) into
(8) yields

AZ(@jw)]

=7 LLl-sin<

(14)

2 jw 2 jw
T(ej“) = (™) _ Hi(e’)
LLg Ll
= COS2 <M) . ej[91 (w)+62(w)]
2
+ sin2 <M> . eI (@)+82(w)]
2
— eIl01(@)+02(w)]. (15)
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Fig. 4.

Equation (15) reveals that the proposed two-channel NDF bank
structure possesses perfect magnitude response, i.e., there is no
magnitude distortion, and its phase is equal to the sum of the
phases of A;(e’*) and Az(e’*). Moreover, comparing PR1 of
(10) and (15), we note that the two-channel NDF bank possesses
linear-phase response if the following condition is satisfied:

01(w) + b3(w) = —kqw, for0 <w < . (16)
In contrast, the other two conditions PR2 and PR3 in (10) re-
quire that the phase responses of (13) and (14) must satisfy the
following two conditions:

91((4)) — 92((4))
01(w) — b2(w)

for0 < w < w,
forw, <w <.

a7)
(18)

:07
:7['7

Fig. 4 depicts the required relationship between the two phase
responses 61 (w) and 03 (w) in the frequency band. As to the con-
dition PR4 of (10), we substitute (13) and (14) into the equation
shown by PR4 to obtain

COS<91(w —wp — ws) —

2
-exp(jel(w —wp — ws) + 2w — wp — ws)

: )
.COS<

) exp <j b1(w) + 02(w)

fa(w — wy — w»)

f1(w) — O2(w)

2
<91(w —wp — ws) —
2

)
fa2(w — wp — ws)>
p () ke )

) ~exp<jM> 19)

. Sin<91(w) ; f>(w)

which can be further simplified as follows:
COS<91(w — wp — ws)
2
PRUCEE)

N sin(al(w —wp — ws)

_ sin<91(w) ; f(w)

2

— 02 (w — wp — wy)

)

— 02 (w — wp — wy)
2

)-o

)

(20)

6,(w)+6, () =k,

| |
| |
| |
| |
| |
| |
i 6,(0)-0,(0)=n i
| |
| |
| |
| |
| |

Constraints on the phase responses of the IIR DAFS.

a)P

Fig.5. Proposed design specifications for the phase responses of the IIR DAFs.

Hence, the resulting condition for eliminating aliasing distortion

becomes

01 (w — w. — - — W —
cos< 1w —wp —ws) — ba(w — wp — wy)

2
91 ((4)) — 62 (w)
2

Based on the above conditions given by (16)—(18) and (21) for
the proposed NDF bank, we can impose the ideal phase re-
sponses for §; (w) and 6 (w), respectively, as follows:

>:0, forw, <w <w,. (21)

( k
—k?d weE N
d w—w, T
Pry(w) = et~ _: o w € QN (22)
s p
kaq T
\—? +§, w € Q3
( k
—?dw, w € N
i _
and Pyy(w) = —Edw—:j_u: g w € Qs (23)
s p
kd ™
—_——w = = Q
(T 2% 7 2 wets

where Q1 = [0,w,], Q2 = (wp,ws), and Q3 = [w,, 7] repre-
sent the three frequency bands in [0, 7r]. Fig. 5 plots the ideal
phase responses Pj4(w) and Pog(w). Equations (22) and (23)
reveal that all of the conditions of (16)—(18) and (21) required
for perfect reconstruction can be satisfied. Moreover, P;4(w)
and Po4(w) satisfy the following stability constraints for the IIR
DAFs A;(z) [22], [23]: #;(w) is monotonically decreasing and
0;(r) = 0,(0) — N;=, for 4 1,2. As a result, the design
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TABLE 1
SIGNIFICANT DESIGN RESULTS FOR EXAMPLE 1
Proposed Technique Technique of [11]
Filter order 22,23 10/10,11/11
No. of coefficients 45 44
PRE (dB) 2.7001x10™ 0.0148
MVGD (samples) 0.0680 0.0583
NPSRy (dB) 33.80 32.21
NPSR; (dB) 33.79 32.07
MVPGD (samples) 0.0340 0.0158
MVPGD; (samples) 0.0338 0.0230
MVFBR 2.28x10° 2.27x107
No. of iterations 6 37

problem of the proposed two-channel NDF bank of Fig. 3 is
finding the real coefficients a;(n) for the IIR DAFs A;(z) such
that the conditions listed in (22) and (23) can be approximately
met in some optimal sense.

III. PROBLEM FORMULATION OF LINEAR-PHASE
NDF BANK DESIGN

According to the IIR DAFs A;(z) given by (11) and (12), their
phase responses can be expressed as

fi(w) = —Nijw — 2¢;(w) (24)
where ¢;(w) is given by
pi(w) = —(Niw + 0;(w))/2
-t | asinge) |
1+ anl a;(n) cos(nw)
(25)

represents the phase of D;(w) in (11) and (12), fori = 1, 2. The
coefficients a;(0), for ¢ = 1,2, are set to one without loss of
generality. Substituting (24) and (25) into (15) yields the corre-
sponding phase response of the NDF bank as follows:

n= 1

fr(w) =
. (206)
1+ anl as(n) cos(nw)] )

From (16) and (26), we observe that the proposed two-channel
NDF bank achieves the perfect reconstruction with group delay
kq = N1 + N5 and without magnitude distortion if the second
term of the right-hand side of (26) vanishes, i.e.,

$1(w) + d2(w)

As to the phase responses of the D;(w), the conditions shown
by (22) and (23) lead to the following conditions on ¢, (w) to be
satisfied for perfect reconstruction

—(Nl + N2>(U

-2 (tan_l

+ tan~!

N
_anl
1+Z

1(n) sin(nw)

2, a1(n) cos(nw)

az(n) sin(nw)

=0. Q7

P(w) = =(Niw + Pqa(w))/2, i=1,2. (28)

Utilizing the results of (27) and (28), we can formulate the
design problem as follows: Finding the real filter coefficients
a;(n) of the IR DAFs A;(z),i = 1,2 andn = 1,2,...,N,,
such that the resulting phase responses ¢;(w) given by (25) ap-
proximate the desired phase responses, as shown by (27) and
(28) in the minimax sense. Therefore, the corresponding design
problem can be written as

Minimize <71||¢>1(w) = Pr(w)|| + 12llp2(w) — Pa(w)]]

N1 .
4 |[gan—? 2,a1(n )sm(nw)
1+ Zn 1 a1(n) cos(nw)
]\)
+ tan—! >l ag( sin(nw) (29)
1+ anl ) cos(nw)

where ||x|| denotes the Chebyshev norm of x. The parameters
71,72, and -y represent the relative weights between the three
peak error terms. However, we note from (29) that the overall
error function to be minimized is a highly nonlinear function of
the real filter coefficients a,(n). Directly minimizing (29) is not
an easy task.

IV. PROPOSED DESIGN TECHNIQUE

In this section, we present a design technique based on the
nonlinear minimax algorithm of [20] in conjunction with a
variant of Karmarkar’s algorithm [21] for solving the resulting
minimization problem of (29). This is through a frequency
sampling and iterative approximation scheme to find the op-
timal coefficients a;(n),n = 1,2,..., N;,i = 1,2 for the real
IIR DAFs shown by (11) and (12).

A. Frequency Sampling and Approximation Scheme

First, we perform some algebraic manipulations for the three
peak error terms in (29) to facilitate the design work. Consider
the first two peak error terms. Let

N;
Z'n,:() .
1+ 32N ai(n) cos(nw)

Then, the first two peak error terms can be rewritten as

l¢i(w) — Pi(w)l| = || tan™ ! (Mi(w)) + tan™" (P} ())|| 31)

a;(n) sin(nw)

M;(w) =

(30)
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TABLE 1II
DESIGNED FILTER COEFFICIENTS FOR EXAMPLE 1

n a,(n) a,(n)

0 1.00000000000000 1.00000000000000
1 0.15202429367522 -0.15203828556132
2 -0.17780233087694 0.20094928817096
3 -0.14421913397156 0.08660877051942
4 0.02750087580357 -0.02682925140379
5 0.09177345466284 -0.03910907417197
6 0.02666614935610 -0.00457078742727
7 -0.03604434209460 0.00917970217453
8 -0.02780202931437 0.00193175606227
9 0.00416094230507 0.00075432180727
10 0.00974454465470 0.00557452462760
11 0.00108956264399 0.00177594704369
12 0.00265042997354 -0.00691896169754
13 0.00601946712644 -0.00611130150180
14 -0.00229416531232 0.00290330847077
15 -0.01091878572071 0.00680721449532
16 -0.00440133350812 0.00136846685214
17 0.00919259463296 -0.00490914269181
18 0.01049162276946 -0.00423779115900
19 -0.00245151896926 0.00166545252261
20 0.00125895507680 -0.00858063228045
21 -0.00037087486662 0.00119099024719
22 -0.00052504576384

where P!(w) = tan(P;(w)),i = 1, 2. Using the addition for-
mula of inverse tangents, we obtain
)

M;(w) + P/ (w
= ||t -1
16:(0) = Pl = [ran=t { 220D E LS
Minimizing (32) is equivalent to minimizing the term Q;(w) =
|(M;(w) + P/(w))/(1 = M;(w)P!(w))]| since the inverse tan-
gent function is a monotonic function. Plugging (30) into @Q; (w)
and performing some algebraic manipulations on Q);(w) yields

Qi(w)
E

n)[sin(nw) + P!(w) - cos(nw)] + P!(w)
SN ( )leos(nw) — P/(w) - sin(nw)] + 1
i=1,2.

(33)

Following the above procedure, we have that minimizing the
third peak error term is equivalent to minimizing the following
term in (34), shown at the bottom of the page. Consequently,
an equivalent minimization problem of (29) can be obtained as
follows:

Minimize {v1Q1(w) + 12Q2(w) + YR(w)}. (35)

The resulting nonlinear optimization problem given by (35)
can be solved through an approximation approach in conjunc-
tion with an iterative process as follows. At the kth iteration, we
construct the following functions:

Apx;(aik, w)
_ Zﬁ;l a;x(n)[sin(nw) + P!(w) - cos(nw)] + P!(w)
Zgzl a;i(n)[cos(nw) — P! (w) - sin(nw)] + 1
i=1,2 (36)

and the N; x 1 gradient vector of Apx;(a;;,w) given by

VApx;(ajr, w) = [1hi(w, 1) i(w, 2) ... Pi(w, N;)|" (37)
where 1);(w,j) denotes the jth gradient component of
Apx;(a;x,w) and is given in (38), shown at the bottom
of the next page, for j = 1,2,...,N,;, where a;;, =
[aix(1),ai(2),...,a;x(N;)]T represents the filter coeffi-
cient vector obtained at the kth iteration for the IIR DAFs

A;(z),i = 1,2. Moreover, we construct (39), shown at the

’

R(w) =

(1432021 az(m) cos(nw) ) (LA ar(m)sin(nw)) + (14 LN, ax(n) cos(nw) ) (L2 as(n)sin(nw)

(14 S0y ar(n) cos(nw) ) (14 L0, as(n) cos(nw) ) = (SnLy ar(n)sin(nw) ) (L2, as(n) sin(nw) )

(34)
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bottom of the page, and the (N7 + N3) x 1 gradient vector of
Apx;(a;x, w), which is given by
VApxr(aik, ask,w) = [¢pr1(w, 1) ¢r1(w, 2)

71 (w, N1) Yro(w, 1) .. hro(w, N2)IT - (40)

where 171 (w,j) denotes the jth gradient component of
Apxr(aik, agg,w) and is given as follows:

. OApxp(aig, agg,w)
ql)Tl (waJ) - aalk(j)

sin(jw) (1 + 22 ask(n) cos(nw))

+ cos(jw) Z asg(n) sin(nw)]
Ny
(1 + Z ak(n) cos(nw))
Ny
. <1 + Z ask(n) cos(nw))
Ny
- (Z ayk(n) sin(nw))
N, -1
. <Z ask(n) sin(nw))]

n=1

- [cos(jw) <1 + 22: ask(n) cos(nw))
— sin (Jw Z asg(n) sin(nw ]
(1 + Z ask(n) cos nw))

1

2

a1k (n) sin(nw)

3
Il
-
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<1 + Z a1x(n) cos nw))
Z azr(n) sin(nw ]
Ny
<1 + Z ayk(n) cos(nw))
N,
. (1 + Z ask(n) cos(nw))
N
- (Z ayk(n) Sin(nu}))
N, -2
: (Z asg(n) Sin(nw))] .

r2(w,j) denotes the (N; + j)th gradient component of
Apxyp(aik, ask, w) and is given as follows:

(41)

OApPxp(aig, agk, w)
3azk( 7)

cos(jw Zalk

+ sin(jw) (1 + Z aix(n) cos nw))]
[

(1 + Z asr(n) cos nw))

(Z arr(n) sin(nw )

sz (waj) =

Sll'l mu

OApPX;(ak, w)

[sin(jw) + P/ (w) cos(jw)] - (Zle a;x(n)[cos(nw) — P! (w) sin(nw)] + 1)

(2521 ai(n)[cos(nw) — P!(w) sin(nw)] + 1)2

[cos(jw) — P! (w)sin(jw)] - (Zgzl a;x(n) [sin(nw) + P!(w) cos(nw)] + Pz’(w))

(25:1 ai(n)[cos(nw) — P/(w) sin(nw)] + 1)2

. i=1,2 (38)

Apxp(ai, azy, w)

(14 02, ase(n) cos(nw) ) Ty are(m) sin(nw) + (14 L a1k (n) cos(nw) ) N2, azk(n) sin(nw)

(1 ) cost) ) (14 02 aan(n) cos(ne)) — (T arem) () ) (S22 e ) sinr)

(39)
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(G

- |f30S jw) (1 + Zalk cos nw))
i i)
<1 + Z agi(n) cos nw))
Z ark(n
(1 + Z a1 (n) cos nw))
S
<1 + Z a1 (n) cos nw))
<1 + Z asn(n) cos nw))
()

)

Let Q14 = [wl = 0,wy,...,wg1 = wp] Qog = (w51 =
Wp, WS141s -+ WS145241 = ws) and 239 = [ws1ys241 =
Ws, WS1+52425 - - - ; WS1+52+53 = 7| represent the three dense
grid of frequency bands in [0, 7r]. Each of them has grid points
uniformly distributed in the individual frequency band. The de-
sign process of the proposed technique is then performed on
Qq = Q1qUNQqUQ3q with § = S1 4S5+ S5 grid points. If the
number of grid points is sufficiently large, i.e., {24 is sufficiently
closeto 2 = {w |0 < w < 7}, the obtained best approximation
solution of the objective function based on 24 will be close to
the best solution found based on 2. This conclusion can be justi-
fied by the theorem due to Cheney [26, ch. 3]. Next, a lineariza-
tion scheme is utilized to approximate the related phase errors
of (36) and (39) due to a perturbation in the filter coefficient
vector in the linear subspace spanned by the gradient matrix as-
sociated with Apx,(a;,w) and Apx,(aik, azk,w). As aresult,
the approximation for minimizing the above peak phase error,
as shown in (35), can be formulated as finding the increments
ba; = [6air(1)6a;x(2)...8a;x(N;)]T of the filter coefficient
vectors a; at the kth iteration such that

) sin(nw)

-2

(42)

Y1l|ApX, (a1k, wi) + da] VApx, (ayx,w)||
+ V2|l Apx, (agk, wi) + dag VApPXy (ak, wi)||
+ || Apxp(aik, agk, w;) + 6ai, VApxp(aik, age, w)||
(43)

IEEE TRANSACTIONS ON SIGNAL PROCESSING, VOL. 52, NO. 11, NOVEMBER 2004

is minimized, where da;» = [6al 6al]T. For details, we can
rewrite (43) as follows:
Ny
YlIAPX; (a1k, wi) + Y Sark ()i (wi, )|
n=1
N)
+ Yol Apx, (azk, wi) + Z dazr(n)a(wi, )|
n=1
N
+ Y| Apxy(aik, age, wi) + Y dark(n)tpri(wi, n)
n=1
+ Z&tzk J¥r2(wi, n)|. (44)

We note that the minimization of (44) can be achieved by per-
forming the following minimization problem:
Minimize{fy1||E16a1 — Sl|| + ’72”E2632 — SQH
+7[Erdaz — srlf}
where E; is an S x Nj matrix with the (4, j)th element given

by E1(i,j) = t1(wi, j),wi € Qa, j = Ni,Es is an
S x Ny matrix with the (7, j)th element given by Eq(i,5) =

45)
1 =

Yo(wi, j),w; € Qq, 1 éj = Na,spisan S x 1 column vector

with the ith entry given by s1(7) = —Apxy(aik,w;), w; €
Q4,82 is an S x 1 column vector with the ith entry given by
$2(i) = —Apxy(aze,w;),w; € Qa, Er = [ET1Ers] is an

S x (N14 N3 ) matrix with the submatrices Er; and E5 having
the (7, j)th elements given by Eri (7, ) = 11 (wi, j), wi € Qa,
1= = Ny, and Bro(iy ) = o (wi, ), wi € Qa, 155 =
Ns, respectively. Equation (45) represents an equivalent form of
the following linear Chebyshev minimization problem:

Minimize v1§1 + 7282 + 7€
Eida; —s; <41
—Ej0a; +s; < &1
Esbas — sy < &1
—Ejbas +s2 < &1
Erda;p —st <{rl
—Erébajy +s7 <{rl
where 1 isa S x 1 vector with all entries equal to one. This leads
to the standard dual form of a linear programming (LP) problem
as follows:

Subject to (46)

Maximize bTw

Subject to ATw = 47)
where
r Eq 0, -1 0 0
—E; 0, -1 0 0
AT _ 04 E> 0O -1 o0
04 —E»s 0O -1 o0
Er; Ers 0 0 -1
L _ETl —ET2 0 0 -1
[oay ON1 _S;
bay On2 < !
w=|& |, b=|-m]|, ec=|"2
—85
§2 -2
ST
L & -7 s
T
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The 0; and 05 in A are zero matrices with sizes equal to S x Ny
and S X Ns, respectively, whereas 1 and 0 are .S x 1 vectors
with entries equal to one and zero, respectively. In contrast, 0
and Oy are zero vectors with sizes equal to N1 X 1 and Na X 1,
respectively. Using [24, Def. 3], we can easily obtain the stan-
dard primal form for (47) as follows:

Minimize ¢Tx
Subject to Ax = b, x = 0 (48)
where w and x = [z 3 . .. 265] T, respectively, denote the dual
variable and the corresponding primal variable for the above LP
problems. In the following, we describe how to adopt the primal-
form affine scaling (PAS) variant of Karmarkar’s algorithm of
[21] for solving (48).

Assume that an initial solution x that satisfies the constraints
is given. Then, x is mapped into a vector y" with all entries
equal to one as follows:

y =D 'x (49)

where Dy denotes a diagonal matrix containing the entries of x.
Based on the mapping, we create

A =AD, and c = Dgc. (50)
To satisfy the equality constraints, we project ¢ onto the null
space of A to obtain

I
e
Is}

(51

where

P=T-A"(AAT)'A (52)
denotes the projection operator. Next, we move from the initial
y to y! in the direction — ¢, toreduce the transformed objective
function in the maximum rate according to

Q—PT (53)
max; (ei gp)

y1 =1—pu
where the required step size p € (0, 1) is chosen so that y' >
0,1 represents a vector with appropriate size and all entries
equal to one, and e; is a vector with appropriate size and the
ith entry equal to one and the others equal to zero. After ob-
taining y!, we then find a new feasible solution x* for (48) by
performing the inverse mapping.
Consider the projection operator given by (52). Substituting
(50) into (52) yields

P=1-D,A" (AD?A") ' AD,. (54)
Accordingly, we have from (50), (51), and (54) that
c, = D, [1 — AT (AD2AT) ! ADE} c. (55
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Fig. 6. Magnitude responses of the designed analysis filters for Example 1.
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Fig. 7. Phase error response of the designed NDF bank for Example 1.

Next, we define the following two vectors:

w=(AD?AT)T'ADZc and r=c-A"w (56
where w represents the dual variable vector associated with the
primal variable vector x. Hence, the primal variable x**! at the
(k + 1)th iteration is found by the following equation:

xbHt = xk - B, (57)
n
where
d, = Dir
and 7 = max (e c,) = max (e Dyr)
= max (e Dir/ x) (58)

2

with x; being the ith entry of x.
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Fig. 8. Group delay deviation of the designed NDF bank for Example 1.
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Fig. 9. Variation response of the design NDF bank response for Example 1.

B. Determination of Initial Guess for the Filter Coefficient
Vector

To initiate the design process, we have to find an initial guess
a,o for the filter coefficient vector a; according to the nonlinear
minimax algorithm of [20]. An appropriate manner is to mini-
mize the squared value of the numerator of Apx;(a;,w) given
by (36), i.e., minimize

Z Z a;(n)[sin(nw;) + P! (wi) cos(nw;)] + P! (wr)
o (59)

To solve this minimization problem, we use a simple approach
as follows. Let X; be a S x N; matrix whose entries are given
by

X;(I,n) = sin(nw;) + P!(w;) cos(nw;)

1<1<S, 1<n<N; (60)

IEEE TRANSACTIONS ON SIGNAL PROCESSING, VOL. 52, NO. 11, NOVEMBER 2004

TABLE III
SIGNIFICANT DESIGN RESULTS FOR EXAMPLE 2
Proposed Technique Technique of [11]
Filter order 31,32 13/14,17/17
No. of coefficients 63 63
PRE (dB) 5.0145x10™ 0.0176
MVGD (samples) 0.0654 0.0703
NPSR, (dB) 34.10 40.88
NPSR; (dB) 34.15 40.66
MVPGD (samples) 0.0277 0.0091
MVPGD; (samples) 0.0327 0.0247
MVEFBR 1.58x10° 2.10x107°
No. of iterations 5 41

Then, it is easy to show that minimizing (59) yields the required
initial guess a;( as follows:
an = (XIX;) ™ XFq (61)
where the S x 1 vector q; has entries given by ¢;(I) =
—P!/(w),1 <1< 8.
After finding the appropriate initial guess a;o and setting the
initial filter coefficient increment to a zero vector, we present

an iterative procedure based on the above presentation for com-
puting the filter coefficient vector a; during the design process.

C. Iterative Procedure

Step 1) Determine the design parameters: the orders N; and

N>, passband edge frequency w), and the stopband edge fre-

quency w,. Find an initial guess a;o for the filter coefficient

vector a; = [a;(1),a;(2),...,a;(N;)]T,i = 1,2 from (61)

and set the iteration number k = 0.

Step 2) Perform a test for stopping the iteration process. We

set a stopping criterion as follows: If [Vi_1 — Vi|/[Vi—1| =

k1, then the design process is terminated and the ob-
tained filter coefficient vector a;; contains the designed

filter coefficients, where Vi, = 1||Apxy(aik, wi)| +

va||Apxy(azk, wi)|| + Y||Apxr(aik, azk,wp)||, and k1 is a

preset small positive number. Otherwise, go to Step 3.

Step 3) Calculate the increment da; of the filter coefficient

vector a;x = [aix(1), air(2),...,aix(N;)]* at the kth itera-

tion to minimize (43). Utilizing the PAS algorithm presented
above to solve the standard LP problem of (48), we perform
the following iterative procedure.

3.1) Choose an initial guess x° that satisfies the
equality constraints ATx? = bandx® > 0
of (48). We can simply choose x° =
[xT x3 xi x5 xi x¢]T, where x; = x5 =
’711/(25), X3 = X4 = ’721/(25),)(5 = X =
~v1/(2S), and each of x; has entries given by
zj(),7 = 1,2,...,6,0 = 1,2,...,S5. Set the
iteration number m = 0.

3.2) At the mth iteration, compute W =

[baf ba; & & &r]" = (ADZAT)"'ADc

with D, = diag(x™) according to the following

process.
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3.2.1) Construct six vectors pi, P2, P3, Mj, My, mM3.
The Ith entry for each of them is, respectively,

given by

pi(l) = 23(1) + 25(1), my(l) = 23(1) — 23(0),

pa(l) = 3(1) + 25(1), ma(l) = =3(1) — 23(])

pa(l) = 23(1) + x3(1), ma(l) = =3(1) — =3(])
1=1,2,...,8.

3.2.2) Compute Q; = diag(p™) — m;m} /g;, where
gi = Y pi(l), fori = 1,2,3.
3.2.3) Compute
[6a1Tm5agm]T
~1
_ [E{QiE: + E1,Q:E7y E1;Q:Er:
E1,QsEri E; Q2E; + E1,Q3ET

% E{ Qs + E7,Qsst
EJ Qss2 + ET,Qsst

& = (mi (Eibai, —s1))/ o1

& = (mQT(EQ(san - Sz))/gz
ér = (mgT(ET1581m + Ersdas, — ST))/!]3-

3.2.4) Compute the vector r = ¢ — ATw =
7 r3 rT r] rd rf]T as follows: Con-
struct f; = Ejdai,;fo = Eldag,;fr =
Eri6ai,, + Eti6as,,. Then, set r; =
s1 + &1 — fure = —s; + &1 + £y
r3 = so + §1 — fosry = —sy + &1 +

r5 = st +{rl — fr;r6 = —s7 + {11 — fr.

Step 4) Compute &/ max{|Eida;,, —  si|}, &/
max{|Eq6as,, — s2|}, and &r/max{|Eriéai,, +
Erebas,, — sr|}. Set the obtained da;,, equal to

ba;,i =1,2,and goto Step 7if &; / max{|Ejdai,n—s1|} Z
K2, fz/ max{ E26a2m - S2|} ; K3, and
¢r/max{|Eri6ai, + Erobas, — st} 2=k,
where ko, k3, and k4 are preset positive numbers less than
one. Otherwise, go to Step 5.

Step 5) Compute dy = D2r = D2(c — ATw) according to
the following process.

51) Compute d1 = D%I‘l.,dz = D%I‘27d3 =
D§r37d4 = DZI‘4,d5 = D%I‘g,,d@ = D%I‘(;,
where D; = diag(x!"), fori =1,2,...,6.

5.2) Setd, = [dF dT dF dT df d7]7.

Step 6) Compute the step size (u/n) from (58) with
1 = 0.97, and update the primal variable vector according
to x™ 1 = x™ — (u/n)d,. Then, set m = m + 1, and go
to Step 3.2.

Step 7) Use the obtained optimal solution da;; to find the
best increment such that

Y1||Apx; (aix + Boark, wr)|| + va||Apx, (azk + Soask, w)||
+ 7||Apxp(aix + Bdaik, agk + Sdag,wr)||
VBZ0 (62)
is minimized. We adopt the Nelder and Mead simplex algo-

rithm [25] to perform the line search for finding the best value
of 3. Let the best value of (3 be G;. We update the filter co-

3237

efficient vector according to a;(x11) = aix + Brda;x. Then,
set k = k + 1, and go to Step 2.

V. SIMULATION RESULTS

In this section, we present simulation results of designing
two-channel linear-phase NDF banks with the proposed real
IIR DAFs structure for illustration and comparison. These de-
signs were performed on a personal computer with Pentium-IV
CPU using MATLAB programming language. For comparison,
the design results of using the proposed technique and the
techniques presented by [11] are also presented. The perfor-
mance for each of the designed IIR NDF banks is evaluated in
terms of the perfect reconstruction error (PRE), the normalized
peak stopband ripple of H;(z)(NPSR;), the maximal variation
of passband group delay of H;(z)(MVPGD;), the maximal
variation of the group delay (MVGD) in T'(e’*), and the
maximal variation of the filter-bank response (MVFBR). They
are defined as follows:

PRE = max{|201og,, |T(w))||}, forw; € [0,7]
NPSRy = —201log;, < max M) (dB)
wle[ws,w] LLO

NPSR; = —20log max w (dB)
! 10 wi €[0,w,] Ll

MVPGD, = GD {H, (&)}

max
wi€[0,wp]

1
— —(N1+ Ns)

1
5 (samples)

max
w; €[ws,7]

1
- §(N1 + Na)
max |GD {T (ej‘“’)}
w €[0,7)

— (N1 4+ N3)| (samples)
T (ejwl) _ e—j(N1+N2)w1

MVPGD; = GD {H; (/') }

(samples)

MVGD =

MVFBR = max

w; €[0,7]

(63)

where GD{z} denotes the group delay of . The performance
for each of the NDF banks designed by using the technique of
[11] is evaluated based on the filter coefficients presented in
[11].

Example 1: This example is the similar to that given by [11,
Ex. 1]. We use the same specifications for this design: the real
IIR DAFs A;(z) and As(z) with orders Ny and N> equal to
21 and 22, respectively, the lowpass analysis filter Hy(z) with
a passband edge frequency w, = 0.3m and a stopband edge
frequency ws = 0.5w. The parameters used for this design
are listed as follows: Ly = 2, L1 = 3;61 = 107 Ky =
kg = kg = 1-107% 4 = 75 = 40,y = 100; and S; =
100, S = 72,53 = 130. The significant design results, namely,
PRE, NPSR, MVPR, MVGD, and MVFBR designed by using
the technique of [11] and the proposed technique are shown in
Table I for comparison. Table II lists the filter coefficients ob-
tained after six iterations for A;(z) and Ay(z) by using the pro-
posed technique. The corresponding magnitude responses of the
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TABLE IV
DESIGNED FILTER COEFFICIENTS FOR EXAMPLE 2

n ai(n) ay(n)

0 1.00000000000000 1.00000000000000
1 0.40028247713820 -0.40032121293172
2 0.15423987572849 0.00605895028584
3 -0.00646042103950 0.06580391863711
4 -0.09418993240059 0.06432964720258
5 -0.11533127485475 0.04177298107076
6 -0.08887227036703 0.01708155101606
7 -0.04146343802359 -0.00005238263035
8 0.00191771750421 -0.00665690808421
9 0.02645787367772 -0.00545184397568
10 0.03012127974346 -0.00146651159786
11 0.02037294949627 0.00112280900881
12 0.00784430196404 0.00062018877514
13 0.00030682841581 -0.00206629119141
14 -0.00029953152382 -0.00467137309649
15 0.00295909196495 -0.00526050549725
16 0.00539022155031 -0.00344223682094
17 0.00395880605195 -0.00022597252693
18 -0.00111865416043 0.00272734372372
19 -0.00709464946488 0.00417799277480
20 -0.01072386476082 0.00384159836781
21 -0.01021937042140 0.00231976640520
22 -0.00620016782550 0.00072596537172
23 -0.00098938454323 -0.00013377710659
24 0.00272048111328 0.00007516788480
25 0.00343330572491 0.00095138844690
26 0.00153902803881 0.00171661043598
27 -0.00099285234042 0.00156180072171
28 -0.00163034617467 -0.00003922543466
29 0.00102345265330 -0.00264243948991
30 0.00501588286110 -0.00382066697890
31 -0.00309714050884 0.00774535238295
32 -0.00384153443848

designed H;(e’*) are shown in Fig. 6. The resulting phase error
and group delay deviation of the designed NDF bank are de-
picted in Figs. 7 and 8, respectively. Fig. 9 plots the variation of
the designed filterbank response. As to the stability of the de-
signed IIR DAFs A;(z) and A2(z), we find that the values of
6;(m)—0,(0) are about —217 and —22 for 7 = 1 and 2, respec-
tively. This indicates that both the designed IIR DAFs A, (z) and

As(z) are stable according to the stability constraints shown
in Section II-B. From the simulation results, we note that the
proposed technique provides very satisfactory design results as
compared with the results of [11].

Example 2: This example is the similar to that given by [11,
Ex. 2]. We use the same specifications for this design: the real
IIR DAFs A;(z) and As(z) with orders N; and N» equal to
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Fig. 10. Magnitude responses of the designed analysis filters for Example 2.
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Fig. 13.  Variation response of the design NDF bank response for Example 2.

31 and 32, respectively, the lowpass analysis filter Hy(z) with
a passband edge frequency w,, = 0.127 and a stopband edge
frequency ws = 0.287. The parameters used for this design
are listed as follows: Lo = 1,01 = 4;61 = 10712 Ky =
Ky = kg = 1-107% 41 = 9 = 61,7 = 100; and S; =
80,52 = 52,53 = 170. The significant design results of using
the technique of [11] and the proposed technique are shown in
Table III for comparison. Table IV lists the filter coefficients
obtained after five iterations for A (z) and A (%), respectively,
by using the proposed technique. The corresponding magnitude
responses of the designed H;(e’“) are shown in Fig. 10. The
resulting phase error and group delay deviation of the designed
NDF bank are depicted in Figs. 11 and 12, respectively. Fig. 13
plots the variation of the designed filterbank response. As to the
stability of the designed IIR DAFs A;(z) and As(z), we find
that the values of 6;(7) — 6;(0) are about —317 and —327 for
1 = 1 and 2, respectively. This indicates that both the designed
IIR DAFs A;(z) and A5 (z) are stable according to the stability
constraints shown in Section II-B. Again, we note from the sim-
ulation results that the proposed technique provides very satis-
factory performance.

VI. CONCLUSION

This paper has presented a technique for the design of two-
channel linear-phase nonuniform-division filter (NDF) banks
based on real infinite impulse response (IIR) digital allpass fil-
ters (DAFs). First, the theory of two-channel NDF bank struc-
tures using two IIR DAFs A;(z) and As(z) was developed.
The resulting two-channel NDF bank structure possesses per-
fect magnitude response, i.e., there is no magnitude distortion,
and its phase is equal to the sum of the phases of A;(e’“) and
As(e?*). The design problem was then formulated as a non-
linear optimization problem of an appropriate objective function
for the phase response using the minimax (L) error criteria.
A nonlinear minimax algorithm is used to generate a sequence
of linear Chebyshev approximation problems. Solving each of
the linear Chebyshev approximations provides the required in-
crement for updating the filter coefficients during each iteration.
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This leads to that the linear Chebyshev approximation of a de-
sired response from a linear subspace related to the objective
function can be easily solved by using a variant of Karmarkar’s
algorithm. Computer simulations have been provided for con-
firmation and comparison.

REFERENCES

[1] R.E. Crochiere, “Digital signal processor: Sub-band coding,” Bell Syst.
Tech. J., vol. 60, pp. 1633-1653, 1981.

[2] M. G. Bellanger and J. L. Daguet, “TDM-FDM transmultiplexer:

Digital polyphase and FFT,” IEEE Trans. Commun., vol. COM-22, pp.

1199-1204, 1974.

P. Vary and U. Heute, “A short-time spectrum analyzer with polyphase

network and DFT,” Signal Process., vol. 2, pp. 55-65, 1980.

[4] J.W.Woods and S. D. O’Neil, “Subband coding of images,” IEEE Trans.

Acoust., Speech, Signal Processing, vol. 34, pp. 1278-1288, Oct. 1986.

J. Kovacevic, “Filter banks and wavelets: Extensions and applications,”

Ph.D. Dissertation, Columbia Univ., New York, Oct. 1991.

K. Nayebi, T. P. Barnwell, and M. J. T. Smith, “Nonuniform filter banks:

A reconstruction and design theory,” IEEE Trans. Signal Processing,

vol. 41, pp. 1114-1127, Mar. 1993.

S. Wada, “Design of nonuniform division multirate FIR filter banks,”

IEEE Trans. Circuits Syst. I1, vol. 42, pp. 115-121, Feb. 1995.

J.-H. Lee and S.-C. Huang, “Design of two-channel nonuniform-division

maximally decimated filter banks using L criteria,” Proc. Inst. Elect.

Eng., Vision, Image, Signal Process., vol. 143, pp. 79-83, 1996.

[9] J.-H. Lee and W.-H. Chung, “Design of two-channel low-delay IIR

nonuniform-division filter banks using L error criteria,” Proc. Inst.

Elect. Eng., Vision, Image, Signal Process., to be published.

J.-H. Lee and D.-C. Tang, “Optimal design of two-channel nonuniform-

division FIR filter banks with —1, 0, and +1 coefficients,” IEEE Trans.

Signal Processing, vol. 47, pp. 422-432, Feb. 1999.

J.-H. Lee and I.-C. Niu, “Design of two-channel IIR nonuniform-divi-

sion filter banks with arbitrary group delay,” Proc. Inst. Elect. Eng., Vi-

sion, Image, Signal Process., vol. 147, pp. 534-542, Dec. 2000.

J.-H. Lee and D.-C. Tang, “Minimax design of two-channel nonuni-

form-division FIR filter banks,” in Proc. Inst. Elect. Eng., Vision, Image,

Signal Process., vol. 145, 2, Apr. 1998, pp. 88-96.

, “Minimax design of two-channel nonuniform-division FIR filter

banks with —1,0, and +1 coefficients,” IEEE Trans. Circuits Syst. 1,

vol. 46, pp. 1184-1190, Oct. 1999.

F. Argenti, V. Cappellini, A. Sciorpes, and A. N. Venetsanopoulos, “De-

sign of IIR linear-phase QMF banks based on complex allpass sections,”

IEEE Trans. Signal Processing, vol. 44, pp. 1262—-1267, May 1996.

C.-K. Lu, M. Anderson, and S. Summerfield, “Design of approximately

linear-phase allpass based QMF banks,” in Proc. Int. Symp. Digital

Signal Process., London, U.K., 1996, pp. 56-61.

S. Summerfield and C.-K. Lu, “Design and VLSI implementation

of multirate filter banks based on approximately linear phase allpass

sections,” in Proc. Int. Symp. Circuits Syst., Monterey, CA, 1998, pp.

413-416.

S. S. Lawson and A. Klouche-Djedid, “Technique for design of

two-channel approximately linear phase QMF bank and its application

to image compression,” Proc. Inst. Elect. Eng., Vision, Image, Signal

Process., vol. 148, pp. 85-92, 2001.

[3

=

[5

—_

[6

—_

[7

—

[8

[t}

[10]

[11]

[12]

[13]

[14]

[15]

[16]

[17]

IEEE TRANSACTIONS ON SIGNAL PROCESSING, VOL. 52, NO. 11, NOVEMBER 2004

[18] S.S.Lawson, “Design of IIR-based wavelet filter banks and their appli-
cation to image coding,” in Proc. IEE Seminar Time-Scale Time-Freq.
Anal. Applicat., 2000, pp. 7/1-7/6.

P. P. Vaidyanathan, P. A. Regalia, and S. K. Mitra, “Design of doubly-
complementary IIR digital filters using a single complex allpass filter,
with multirate applications,” IEEE Trans. Circuits Syst., vol. CAS-34,
pp. 378-388, Apr. 1987.

M. R. Osborne and G. A. Watson, “An algorithm for minimax approxi-
mation in the nonlinear case,” Comput. J., vol. 12, pp. 63-68, 1969.

I. Adler, N. Karmarkar, M. G. C. Resende, and G. Veiga, “An implemen-
tation of Karmarkar’s algorithm for linear programming,” Math. Pro-
gramming, vol. 44, pp. 297-335, 1989.

M. Ikehara, M. Funaishi, and H. Kuroda, “Design of complex all-pass
networks using Remez algorithm,” IEEE Trans. Circuits Syst. II, vol. 39,
pp. 549-556, Aug. 1992.

P. P. Vaidyanathan, Multirate Systems and Filter Banks.
Cliffs, NJ: Prentice-Hall, 1992.

C. H. Papadimitriou and K. Steiglitz, Combinatorial Optimization: Al-
gorithms and Complexity. Englewood Cliffs, NJ: Prentice-Hall, 1982.
J. A. Nelder and R. Meade, “A simplex method for function minimiza-
tion,” Comput. J., vol. 7, pp. 308-313, 1965.

E. W. Cheney, Introduction to Approximation Theory. New York: Mc-
Graw-Hill, 1966.

[19]

[20]

[21]

[22]

[23] Englewood

[24]
[25]

[26]

Ju-Hong Lee was born in I-Lan, Taiwan, R.O.C., on December 7, 1952. He
received the B.S. degree from the National Cheng-Kung University, Tainan,
Taiwan, in 1975, the M.S. degree from the National Taiwan University (NTU),
Taipei, Taiwan, in 1977, and the Ph.D. degree from Rensselaer Polytechnic In-
stitute (RPI), Troy, NY, in 1984, all in electrical engineering.

From September 1980 to July 1984, he was a Research Assistant and
was involved in research on multidimensional recursive digital filtering
with the Department of Electrical, Computer, and Systems Engineering
at RPI. From August 1984 to July 1986, he was a Visiting Associate
Professor and later in August 1986 became an Associate Professor with
the Department of Electrical Engineering, NTU, where he has been a
Professor since August 1989. He was appointed Visiting Professor with
the Department of Computer Science and Electrical Engineering, University
of Maryland, Baltimore, during a sabbatical leave in 1996. His current
research interests include multidimensional digital signal processing, image
processing, detection, and estimation theory, analysis and processing of
joint vibration signals for the diagnosis of cartilage pathology, and adaptive
signal processing and its applications in communications.

Dr. Lee received Outstanding Research Awards from the National Science
Council (NSC) of Taiwan in 1988, 1989, and 1991 to 1994 and Distinguished
Research Awards from the NSC from 1998 to 2003.

Yuan-Hau Yang was born in Yun-Lin, Taiwan, R.O.C., on March 5, 1977. He
received the B.S. degree in electrical engineering from the National Chiao-Tung
University, Hsin-Chu, Taiwan, in 2000 and the M.S. degree in electrical engi-
neering from the National Taiwan University, Taipei, Taiwan, in 2003.

His current research interests include digital signal processing and its
applications.

Authorized licensed use limited to: National Taiwan University. Downloaded on March 25, 2009 at 02:32 from |IEEE Xplore. Restrictions apply.



	toc
	Minimax Design of Two-Channel Nonuniform-Division Filterbanks Us
	Ju-Hong Lee and Yuan-Hau Yang
	I. I NTRODUCTION

	Fig.€1. Two-channel nonuniform-division filterbank system. (a) A
	II. T WO -C HANNEL L INEAR -P HASE NDF B ANKS U SING IIR DAF
	A. Conventional Two-Channel NDF Bank Structure


	Fig.€2. Desired magnitude specifications for the analysis filter
	Fig.€3. Proposed system structure for the analysis filters.
	B. IIR DAF Based Two-Channel NDF Bank Structure

	Fig.€4. Constraints on the phase responses of the IIR DAFS.
	Fig.€5. Proposed design specifications for the phase responses o
	TABLE I S IGNIFICANT D ESIGN R ESULTS FOR E XAMPLE 1
	III. P ROBLEM F ORMULATION OF L INEAR -P HASE NDF B ANK D ESIGN
	IV. P ROPOSED D ESIGN T ECHNIQUE
	A. Frequency Sampling and Approximation Scheme


	TABLE II D ESIGNED F ILTER C OEFFICIENTS FOR E XAMPLE 1
	Fig.€6. Magnitude responses of the designed analysis filters for
	Fig.€7. Phase error response of the designed NDF bank for Exampl
	Fig.€8. Group delay deviation of the designed NDF bank for Examp
	Fig.€9. Variation response of the design NDF bank response for E
	B. Determination of Initial Guess for the Filter Coefficient Vec

	TABLE III S IGNIFICANT D ESIGN R ESULTS FOR E XAMPLE 2
	C. Iterative Procedure
	V. S IMULATION R ESULTS
	Example 1: This example is the similar to that given by [ 11, Ex
	TABLE IV D ESIGNED F ILTER C OEFFICIENTS FOR E XAMPLE 2

	Example 2: This example is the similar to that given by [ 11, Ex


	Fig.€10. Magnitude responses of the designed analysis filters fo
	Fig.€11. Phase error response of the designed NDF bank for Examp
	Fig.€12. Group delay deviation of the designed NDF bank for Exam
	Fig.€13. Variation response of the design NDF bank response for 
	VI. C ONCLUSION
	R. E. Crochiere, Digital signal processor: Sub-band coding, Bell
	M. G. Bellanger and J. L. Daguet, TDM-FDM transmultiplexer: Digi
	P. Vary and U. Heute, A short-time spectrum analyzer with polyph
	J. W. Woods and S. D. O'Neil, Subband coding of images, IEEE Tra
	J. Kovacevic, Filter banks and wavelets: Extensions and applicat
	K. Nayebi, T. P. Barnwell, and M. J. T. Smith, Nonuniform filter
	S. Wada, Design of nonuniform division multirate FIR filter bank
	J.-H. Lee and S.-C. Huang, Design of two-channel nonuniform-divi
	J.-H. Lee and W.-H. Chung, Design of two-channel low-delay IIR n
	J.-H. Lee and D.-C. Tang, Optimal design of two-channel nonunifo
	J.-H. Lee and I.-C. Niu, Design of two-channel IIR nonuniform-di
	J.-H. Lee and D.-C. Tang, Minimax design of two-channel nonunifo
	F. Argenti, V. Cappellini, A. Sciorpes, and A. N. Venetsanopoulo
	C.-K. Lu, M. Anderson, and S. Summerfield, Design of approximate
	S. Summerfield and C.-K. Lu, Design and VLSI implementation of m
	S. S. Lawson and A. Klouche-Djedid, Technique for design of two-
	S. S. Lawson, Design of IIR-based wavelet filter banks and their
	P. P. Vaidyanathan, P. A. Regalia, and S. K. Mitra, Design of do
	M. R. Osborne and G. A. Watson, An algorithm for minimax approxi
	I. Adler, N. Karmarkar, M. G. C. Resende, and G. Veiga, An imple
	M. Ikehara, M. Funaishi, and H. Kuroda, Design of complex all-pa
	P. P. Vaidyanathan, Multirate Systems and Filter Banks . Englewo
	C. H. Papadimitriou and K. Steiglitz, Combinatorial Optimization
	J. A. Nelder and R. Meade, A simplex method for function minimiz
	E. W. Cheney, Introduction to Approximation Theory . New York: M



