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Design of Least-Squares and Minimax
Composite Filters

Wu-Sheng Lu™, Life Fellow, IEEE, and Takao Hinamoto

Abstract— We study a class of composite FIR filters (C-filters),
each is composed of a prototype filter and a shaping filter in
cascade, where the shaping filter is constructed by cascading
several complementary comb filters. In particular, the problems
of designing C-filters that are optimal in least-squares, equiripple
passband and lease-squares stopband, and minimax sense are
formulated, and three algorithms for designing such linear-
phase FIR C-filters are proposed. The algorithms are based on
an alternating optimization strategy in that the prototype and
shaping filters are optimized in separate steps, which are coupled
and carried out in a sequential manner to yield a satisfactory
design. Design examples are presented to illustrate the algorithms
and demonstrate the performance of the C-filters relative to their
conventional FIR counterparts.

Index Terms—Least-square FIR filters, minimax FIR filters,
composite FIR filters.

I. INTRODUCTION

COMPOSITE filter (C-filter) refers to a digital filtering

system that is composed of explicit individual modules,
often called subfilters, which are connected in cascade or
parallel, or a mixture of both. Well known classes of C-filters
include interpolated FIR filters [1]-[3], frequency-response-
masking filters [4], and their variants, see e.g. [S]-[11]. Over
the years, analysis and design of C-filters have attracted a
great deal of research interest primarily because of their ability
to offer improved computational efficiency relative to their
conventional counterparts when appropriate subfilter structures
are chosen and their parameters are optimized in accordance
with certain design criteria [12]. Recently, C-filters composed
of a prototype filter and a shaping filter, connected in cascade,
are shown to offer certain advantages over conventional coun-
terparts [13], [14]. In the case of FIR C-filters [13], the shaping
filter is constructed by cascading several complementary comb
filters (CCFs) of the form (1 4+ z/)% where 1 < < L and
k; > 0 are integers. As such, the shaping filter only requires
several adders and memory units to implement and is free of
multiplications. Yet, as demonstrated in [13], the shaping filter
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Fig. 1. Amplitude responses of (a) 1 +z~% and (b) (1+z"H)*(1 42724
A+z73) 0 +27H2

is capable of effectively improving filter performance. As an
illustration, Fig. 1(a) depicts the amplitude response of 14z %
(a scaling factor 0.5 has been used in the figure to normalize
the filter gain at w = 0 to unity). By cascading several CCFs
with appropriate powers k;, a shaping filter can offer much
reduced stopband energy while retaining decent passband gain.
Fig. 1(b) depicts the amplitude response of a shaping filter
[T, (4 z7H% with {k;, [ =1,2,3,4} = {4,4, 1,2} where
the filter gain at w = 0 has been normalized to unity.

In spite of the design insights provided in [13], currently
available design procedures for this type of composite fil-
ters lack a systematic methodology to incorporate adequate
design criteria, problem formulations, and solution techniques
together to produce optimal composite FIR filters in either
least squares or minimax sense. In this paper, we present
new algorithms for the design of C-filters, where the potential
of the filter structure proposed in [13] is further explored.
Specifically, the design of the prototype filter H,(z) as well
as shaping filter Hy(z) are formulated using rather different
criteria in order for H (z) = H,(z) Hs(z) to achieve optimality
in least squares (LS), equiripple passbands and least-squares
stopbands (EPLSS), and minimax sense, respectively. FIR
filters of these types are at the core of many digital signal
processing systems, and find broad applications as documented
in [12] and [15]-[21]. The main technical challenge encoun-
tered in the design procedure is largely related to the dealings
with the resulting nonconvex formulations, each involving a
mixture of a group of continuous design variables with a group
of integer design variables that are supposed to be jointly
optimized. The underlining principle in the development of
the new design algorithms is a sequential optimization strategy
that deals with the design of H,(z) and H,(z) separately, yet
these two design steps are coupled by alternately performing
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Fig. 2. A composite filter.

them until the algorithm converges. A strong motivation to
adopt such a design methodology is that the design parameters
from the prototype filter are continuous but those from the
shaping filter are discrete, and these two sets of design
variables are separate from each other due to the filter’s
cascade structure. Moreover, in all three design algorithms,
the design steps concerning optimizing the prototype filter
can be formulated as convex problems while the design step
for updating the shaping filter can be effectively addressed
either using discrete gradient or via convex optimization.
Numerical examples are presented to illustrate the proposed
design methods and demonstrate their performance.

The paper is organized as follows. Sec. II provides back-
ground of the C-filters in terms of structure and frequency-
domain characterization which serves a starting point in
formulating the LS, EPLSS, and minimax design problems.
Section III starts by describing the design strategy and devotes
its main body to the development of three design algorithms
for the C-filters that are optimal in LS, EPLSS, and minimax
sense, respectively. Three design examples with comparisons
are presented in Sec. IV to demonstrate the performance of the
proposed design methods. The present paper is an extended
version of our work in [22].

II. PROBLEM FORMULATION AND DESIGN STRATEGY

A. Composite Filters

We consider a C-filter that is composed of two subfilters,
known as prototype filter H,(z) and shaping filter H(z)
respectively, that are connected in cascade as shown in Fig. 2.
Thus the transfer function of the C-filter assumes the form

H(z) = Hp(Z) - Hy(2) (1)

In this paper, we examine a class of linear-phase FIR
C-filters where the prototype filter is an FIR filter of length N
with transfer function

N-1
Hp(@) = D hpz™" )
n=0

that largely determines the characteristics of H(z), while the
shaping filter is a CCF of the form

L

Hyz) =[] +zH"

=1

3)

where k; are nonnegative integers, which reshapes the pro-
totype filter for improved performance without substan-
tial increase in implementation complexity. The frequency
response can be expressed as

H(x» y»w) = Hp(x»w)HS(y»w)

983
with
N—1
Hyw,0) = > hye 0 = e 199 xTe(@)] (4
n=0

where x is a coefficient vector determined by the impulse
response of H,(z), 1, = (N — 1)/2 is the group delay
of Hp(z), and ¢(w) is a vector with trigonometric components;
and

L L .

. , N

Hy(y,0) = [ + /)% = e /me ] ] (2 cos —;0) (5)
=1 =1

where y = [ki Kk k17 and 7, = %211;11 - k.
It follows that the zero-phase frequency response of the
C-filter is given by

L lo\X
A(x, y, 0) = x ¢(w) H (2 cos —)

7 (6)
I=1

and the group delay of the C-filter is given by 7 = 7, + ;.
The behaviour of shaping filter Hs(z) is determined by the
number L of CCFs used and the power k; for each CCE
As long as k; > 0, the first notch of a single CCF (1 4z ")k
over the normalized baseband [0, 7] occurs at v = 7 /I.

In the algorithms deveoloped below, the shaping filter and
prototype filter are jointly optimized to achieve the design
objectives.

B. Problem Formulation

For clarity of presentation, in the rest of the paper we
focus on linear-phase lowpass FIR C-filters. Given a desired
lowpass frequency response H;(w), prototype filter length N,
number of CCF’s L, and a bound M on the total group
delay, we seek to find a linear-phase FIR C-filter H(z) of
form (1)—(3) such that its frequency response H (@) optimally
approximates H;(w) in a certain sense. Specifically we present
three formulations where the optimal approximation is realized
either in the least squares (LS) sense in both passband and
stopband; or in the sense of minimum peak-to-peak amplitude
ripple in passband and constrained least-squares in stopband
(which is known as an equiripple passband and least-squares
stopband (EPLSS) design); or in the minimax sense in both
passband and stopband. In all design formulations, the design
variables are the real-valued vector x representing the impulse
response of the prototype filter {h,,n =0, 1,..., N —1}
and vector y representing nonnegative integer powers ki,
I =1,2,..., L for the shaping filter.

C. Design Strategy

As will become transparent shortly, a key term involved
in the proposed design formulation is the amplitude response
of C-filter, A(x, y, ), given by (6). We see from (6) that
the design variables x and y in A(x, y, w) are separate from
each other. In addition, A(x,y,w) depends on x linearly,
but on y highly nonlinearly. Also note that the components
of variable y are constrained to be nonnegative integers.
Under these circumstances, it is intuitively natural to update
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variables x and y separately, and the updates are carried out
in an alternate fashion. This approach leads to a sequential
procedure where in each step one of the variables, say x, is
updated while the other variable, y, is held fixed, and the
solution so produced, say xg, is held fixed in the next step
when variable y is updated to y; |, and so on. This procedure
continues until a stopping criterion is met and the last pair of
updates (yg,Xk) is taken to be the optimal design.

III. DESIGN METHOD

A. An Algorithm for the LS Design

An LS design produces a C-filter that reaches mini-
mum approximation error in Ly norm over frequency region
Q = Q, U Q, where Q, and Q, denote passband and
stoppband of the filter, respectively. In the context of C-filter
designs, such minimization shall be carried out subject to an
upper bound on the total group delay v = 7, + 7, for the
C-filter to be useful in practice. The design problem can
therefore be formulated as

minimize W(w)|H(x,y,®w) — Hd(w)lzda)

*.y weQ

subject to: 7, + 13 < M

where W(w) > 0 weighs the squared error |H(x,y,®) —
Hg(w)|? and M is an upper bound for the total group delay
of the C-filter.

Let Hy(w) = e " Ag(w) with Ay(w) the desired amplitude
response, the integrand of the objective function becomes
W(w)[A(x, y, ®) — Ag(w)]*. With a given filter length N for
the prototype filter, its group delay 7, is fixed to (N —1)/2, and
the constraint on the total group delay is reduced to 7y, < D
where 7, = % Zle [-kjand D =M — (N — 1)/2. Hence the
LS design is formulated as

minimize W(w)[A(x, y, w) — Ag(@)Pdw (7a)
x.y weQ
subject to: k; >0 forl =1, 2, ..., L (7b)
L
1
3 Dik<D (7¢)
=1

Using (6), the objective function in (7a) (up to a constant
which plays no role in the optimization) can be expressed
explicitly in terms of design variables x and y as

fis(e,y) =xT Q(y)x —2x"q(y)

where
0(y) = /Q W(@)e(y, 0)é(y, ) do ®)
a(y) = /Q W (@) Ad(@)e(y, 0)do ©)

and

L lo\*
¢y, w) = c(w) H (2 cos 7) (10)
=1

By letting i; = [l 2 L]1T, the constraint in (7¢)
becomes i{ y < 2D. As a result, problem (7) is now
expressed as
minimize fi;(x, y) = x" Q(y)x —2x"q(y) (11a)
x,y
(11b)
(11c)

subject to: y > 0
i{y <2D

Following the design strategy outlined in Sec. II.C, prob-
lem (11) is solved by a sequential procedure where design
variables x and y are updated in an alternate manner:
e Solve (11) with y fixed to y = y;
With y = y, that satisfies (11b) and (11c), these con-
straints can be neglected and (11a) becomes

minimize fis (x, y,) = x" Q(vo)x —2x"q(y)  (12)

From (8), Q(y,) is clearly positive definite, hence (12) is
an unconstrained problem with a strictly convex quadratic
objective function. Consequently, the stationary point

of fis(x,y,) given by
xi= Q) 'q(y)

is the global minimizer of (12).
o Update y with x fixed to x = xy
Problem (11) in this case becomes

13)

minimize fi; (x¢, y) = x; Q(»)xx = 2x(q(y)  (142)
(14b)
(14c¢)

subject to: y >0
i{y <2D

A technical difficulty encountered in (14) is that the compo-
nents of the design variable y must be integers. Here we handle
the situation by examining a discrete gradient, denoted by gy,
of the minimum total LS error with respect to y at y = y;
subject to constraints (14b) and (14c), and this is done as
follows.

The update starts at y = y. Let y; ; = y; +e; where ¢; is
the /th column of the L by L identity matrix. In other words,
Y1 is constructed by adding unity to the /th component of y;.
If y; ; satisfies (14¢), we compute the solution of minimizing
Jfis(x, yy ) using (13) and denote it as xy s, the /th component
of the discrete gradient is assigned to

gk(D) = fis(xk1s Yi1) — fis (ks Yi) (15)

If y;, violates (14c), then gr(l) is set to zero. The above
process goes for / from 1 to L, and the discrete gradient
so constructed is normalized to g; = g;/lg«llco so that the
largest magnitude of the components in g, is set to the unity.
Now y, is updated to

Yi+1 =max[round(yk —agk),()] (16)

where operation “round” ensures an integer-component
Yi41, operation “max” ensures y,,; to satisfy (14b), and
scalar parameter a € (0, 1] is used to ensure that satis-
fies (14c¢). Since g, approximates the gradient of the L, error
with respect to variable y at y = y,, (16) is seen as a steepest-
descent based update for variable y subject to (14b), (14c¢), as
well as the integer constraint.
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Algorithm 1 LS Design of C-Filters
Step 1 input yy, (N, L, D), wp, and w,.
Step 2 for k =0,1,...
(1) fix y = y;, evaluate Q(y;) and g(y;) using (8)
and (9), and compute x; using (13);

(i) fix x = xj, compute discrete gradient g, and
perform (16) to obtain y;;
(iii) if y; # ygo1, set k = k+ 1 and repeat from step

2(i), otherwise go to Step 3.
Step 3 output x* = x¢, y* = y.

The algorithm terminates when y,,; is identical to y,
and in this case the kth iterate {xi, y;} is taken to be the
final design. The algorithm described above is outlined as
Algorithm 1.

The convergence of the algorithm is based on the following
facts. (a) For a fixed y = yy, the problem in (12) is convex
which admits a unique solution x; as seen in (13) (which is
the global minimizer of problem (12)); (b) with variable x
fixed to xj, variable y is updated from y, to y,,; by
further reducing the objective function; (c) when the two
steps described above are repeated, one obtains sequence of
pairs {xx, y;} for k = 0, 1, . at which the objective
function is monotonically decreasing; (d) as a result, the
procedure described above will terminate in finite number of
rounds because the total number of points {y,,k =0,1,...}
satisfying constraint (14c) is finite, and hence the algorithm
is guaranteed to converge. On the other hand, the objective
function in (11a) as a function of (x, y) is not convex,
hence the original problem in (11) is a nonconvex problem.
Consequently, the solution produced by Algorithm 1 can only
be claimed to be a local minimizer. A remedy for this problem
is to try different initial point y, and select the one which
yield the best local solution. This technique is found effective
especially for the design of composite filters of moderate
order because the number of feasible initial points y is rather
limited in these cases.

B. An Algorithm for the EPLSS Design

An EPLSS design aims at producing a filter with mini-
mum peak-to-peak amplitude ripple in passband subject to
constraints on filter’s energy. The design objective is achieved
by solving the constrained problem

minimize max |[A(x, y, ) — Ag(w)| (17a)
X,y 0weQ,
T
subject to: / |A(x, y, a))|2da) <e, (17b)
Wq
max |A(x, y, w)| < dq (17¢)
wely
same as (7b) (17d)
same as (7c) (17e)

where w, denotes the stopband edge, ¢,, and J, are constants
representing upper bounds for stopband energy and peak filter
gain in stopband, respectively.

985

While the algorithm proposed below also adopts a sequen-
tial procedure similar to Algorithm 1, considerably different
techniques have been utilized in both design phases.

e Solve (17) with y fixed to 'y = y;

With a fixed y, that satisfies (17d) and (17e), these con-
straints are neglected in this part of the design. By introducing
an upper bound ¢, for the objective function as an auxiliary
variable, the problem at hand becomes

minimize J, (18a)
s.t. |[A(x, y, 0) — Ag(w)| < J, forwe Q, (18b)

T
/ AGE, yi o) Pdo < e
Wq

[A(x, yi, @) < d, for w € Q,

(18¢c)
(18d)
Using (6), (18b)—(18d) are reduced to

IA

x"e(yp, 0) — Aa()]
x" 0, (y)x

IxTe(yy, ®) < da

o, forweQ,

IA

€a
for w € Q,

where ¢(y;, ) is defined in (10) and

Qa(yk):/ 3(yk,GJ)?:(yk,w)wa

For realistic implementation, one has to deal with a finite
set of constraints and this is accomplished by replac-
ing sets Q, and €, with their discrete counterparts
Qp ={op1,0p2, ..., 0pk,} and Q, = {wa1, Wa2, . .., Wak,},
respectively, where the frequency grids are placed uniformly
over the respective bands. Following these, problem (18) is
simplified to

minimize 6, (19a)
s.t. |xTe(y, ) — Ag(w)| < op for w € Qp (19b)
x"Q,(y)x < e (19¢)
IxTé(yy, )| < 8, for o € Q, (19d)

With respect to variables (d,, x), the objective function and
constraints (19b) and (19d) are linear, while (19¢) is a con-
vex quadratic constraint because Q,(y;) is positive definite.
Consequently, (19) is a convex problem whose global
solution can be computed using reliable and convenient
solvers [23], [24]. We denote the solution of (19) by (dk, xk).
e Update y with x fixed to x = xy,

With x; obtained by solving (19) held fixed, we consider
the stopband energy given by

() =/ \H (xt, y, 0)Pdo

™ L lo\"
:/w |x,{c(a))|2H(4cos27) do  (20)

a =1

Our strategy to update y is via minimizing J(y) with respect
to y subject to several relevant constraints which shall become
transparent shortly.

As noticed earlier, a technical difficulty to utilize continuous
optimization to optimize y is that the components of y must
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be integers. Unlike the LS design in Sec. III.A where this
problem is addressed using the notion of discrete gradient, here
the problem is handled by extending the k;s from the domain
of nonnegative integers to that of nonnegative reals. When
an optimizing y with non-integer components is obtained, an
integer update for y, can be found by rounding its components
to nearest integers.

The gradient and Hessian of J(y) are evaluated by
computing

oJ T .
a]E;Y) Z/wa IH(xk’ y’ w)lz log (4C052 %) dCU

aJ(y) /” 5 Sio

ok; ok o) |H (xx, y, ®)|" log | 4 cos 3

- log (4 cos? %) dw

Note that with an arbitrary column vector v of length L,
we have

v V2 (y)v

2
T n .
:/ |H(xk,y,w)|2(20,- log (40052 %)) do >0
@a i=1

hence J(y) is convex. This motivates us to consider a convex
quadratic approximation of J(y) as

T, y0) =T +d{ VI (yp) + 3d{ V2 I (y)dx

where dy = y — y;, and update y by minimizing f(y,yk)
subject to constraints (17d), (17e), and an additional constraint
to ensure the performance of the C-filter over the passband,
especially at passband edge w):

1 - dp =< |H(Xk, Y, wp)l
L low
= lxfc(@p) [ 12cos =FI1" <1 +d,
=1

with a small d, > 0. The last constraint is highly nonlinear
with respect to y, but fortunately it is equivalent to

L
I
log(1 —dp) < c+ > kilog[2cos %| <log(l+d,) (1)
=1

with ¢ = log |x,{c(wp)|, which is linear with respect to y.
Based on above analysis, we propose to update y by solving
the convex problem

min L(y — y) " VI = y) + 0 =y VI ()
(22a)

subject to: (17d), (17e), and (21) (22b)

and then rounding its solution to a nearest integer solution
which is named as y, again. In this way, problem (22) is
solved a number of times and the solution of the last iteration
is taken to be y; .

The algorithm terminates when y,, is found no difference
from y;, and in this case the kth iterate {xg, y;} is taken to
be the final design. The algorithm described above is outlined
as Algorithm 2.

Algorithm 2 EPLSS C-Filters
Step 1 input y,, (N, L, D), wp, @4, das €q, dp, and K.
Step 2 for k =0,1,...
(i) fix y = y; and solve (19) for xi;
(il) fix x = xy, perform K iterations of (22) to obtain

Yi+1

if y, # Yii1, set k = k + 1 and repeat from
step 2(i), otherwise go to Step 3.

Step 3 output x* = x4, y* = y,.

(iii)

An argument similar to that in Sec. III.A can be made for the
convergence of Algorithm 2 with a difference that the solution
from Step 2 (i) is not in a closed form but is obtained using
a convex programming solver which yields a unique global
minimizer of problem (19).

C. An Algorithm for the Minimax Design

A minimax C-filter achieves weighted minimum peak-to-
peak ripples in both passband and stopband subject to an upper
bound on the total group delay. The design problem can be
formulated as

minimize max |[A(x, y, ®) — Ag(w)] (23a)

X,y weQ,
subject to: same as (7b) (23b)
same as (7¢) (23¢)

The algorithm proposed below adopts a two-phase alternate
updating strategy as outlined in Sec. II.C.

e Solve (23) with y fixed to 'y = y;

By assuming y; satisfies (23b) and (23c) so that these
constraints can be ignored in this phase of the design, and
introducing an upper bound for the objective function, (23)
becomes

minimize J§ (24a)
s.t. W(w)|A(x, yi, 0) — Ag(w)| < for w € Q (24b)

where Q = Q,, |J Q,. Using (6), (24b) is reduced to
W(w)|xTe(y;, w) — Ag(w)| < 0 for € Q

This in conjunction with replacing set Q by its discrete
counterpart Q= f!p U Qa with f!p = {op1,0p1, ..., 0pk,}
and Q, = {wq1, Wql, - - ., Wak,}, the problem at hand is led to

minimize & (25a)

st. W(w)xTé(y, w) — Ag(w)] < 6 for w € Q  (25b)

which is a linear programming problem with respect to vari-
ables {0, x}. We denote its solution by {d, xx}.
e Update y with x fixed to x = xy,

With x held fixed to x = xj, problem (23) becomes

minimize J (26a)
s.t. W(w)|xTé(y, w) — Ag(w)] <6 forw € Q@ (26b)
y=0 (26¢)
iTy<o2D (26d)
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Algorithm 3 Minimax Design of C-Filters
Step 1 input yy, (N, L, D), wp, and w,.
Step 2 for k =0,1,...
(i) fix y = y;, compute x; by solving (25);
(i) fix x = xi, compute discrete gradient g;, and
perform (28) to obtain y;;
if yi # Ypy1, set k = k+1 and repeat from step
2(i), otherwise go to Step 3.
Step 3 output x* = x¢, y* = y.

(iii)

And we update y from the current state of y = y, so as
to reduce the bound J in (26b) subject to constraints (26c)
and (26d). Unlike the case of EPLSS designs where a convex
closed-form expression of a performance measure (as seen
in (20)) is available, the upper bound 6 does not admit a
closed-form expression in terms of variable y. Under the
circumstance we follow an approach similar to that employed
in the LS design to define a discrete gradient, denoted by gy,
of the minimum upper bound ¢ with respect to y at y, subject
to constraints (26¢) and (26d), and this is done as follows.

The update starts at y = y;. Let y;; = y; + e; where
e; is the /th column of the L by L identity matrix. If y;,
satisfies (26d), we compute the solution of problem (25) for
Y=Y and denote it as {Jx s, X}, the /th component of the
discrete gradient is assigned to

gk(l) =0k, — Ok

If y;,; violates (26d), then g, (l) is set to zero. The above
process goes for [ from 1 to L, and the discrete gradient
so constructed is normalized to g; = g;/l8«llcc so that the
largest magnitude of the components in g; is set to the unity.
Now y; is updated using —g; to

27)

Yir1 = max [round(yk — Oﬂgk), 0] (28)

where operation “round” ensures an integer-component
Yii1, operation “max” ensures y,,; to satisfy (26¢), and
scalar parameter & € (0, 1] is used to ensure that y;
satisfies (26d). Since g, approximates the gradient of the
minimum upper bound J with respect to variable y at y = y,,
(28) is essentially a steepest-descent based update for vari-
able y subject to (26c), (26d), as well as the integer constraint.

The algorithm terminates when y,,; is identical to y,
and in this case the kth iterate {xj, y,} is taken to be
the final design. The algorithm described above is outlined
as Algorithm 3.

An argument similar to that in Sec. III.A can be made for the
convergence of Algorithm 3 with a difference that the solution
from Step 2(i) is not in a closed form but is obtained using
a linear programming solver which yields a unique global
minimizer of problem (25).

D. Selection of Parameters L, N, and D

Parameters L, N, and D are a part of the input for the three
design algorithms described above. Below we provide some
guidelines for the selection of these parameters. Following the
discussion in Sec. II.A, parameter L is related to the first notch
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of the shaping filter, which occurs at 7 /L, hence L should be
selected to obey = /L > w, where w, denotes the passband
edge of the lowpass filter to be designed. Consequently, 7 /),
can be used as an upper bound in selecting L. Concerning
the selection of N and D, we recommend to start with an
empirical observation that the total group delay 7, + 7, of the
C-filter should lie in a range comparable to the group delay
7 of a conventional linear-phase FIR filter of length N that
achieves practically the same approximation accuracy as the
C-filter. This relationship, 7, + ;3 ~ 7, leads to

L > L
N—1 1 N-1 . .
-7—+55Lm~—7ﬁ wngMNN—N

This means that upper bound D should be slightly larger than
(]\7 — N)/2. For illustration, assume a conventional lowpass
linear-phase FIR filter of length N = 175 is found to satisfy
required approximation accuracy and we want to design a
linear-phase C-filter with a prototype filter of (reasonably)
reduced length, say N = 151, then parameter D should be
selected to satisfy D > 12.

E. Design of other Types of Composite Filters

This paper focuses on composite lowpass filters because
they can be utilized as initial filter models to build com-
posite highpass, bandpass, and bandstop filters. Let H(z) =
H,(z)H;(z) be a lowpass composite filter with normalized
passband edge w, and stopband edge w,. Then it can be
readily verified that

(i) Composite transfer function Hpign(z) = Hp(—2) Hs(—2)
represents a highpass filter with stopband edge 7 — w, and
passband edge 7 — ). This is because

Hpign(e’®) = H(—e/?) = H(e/ @)

hence the frequency response Hp;qn (e/®) can be produced by
shifting that of the lowpass filter H (¢/® by 7 which yields a
highpass frequency response.

(ii) Composite transfer function Hp(z) = H,p(z*)H,(z%)
represents a bandstop filter with the first passband edge w, /2,
first stopband edge w,/2, second stopband edge 7 — w,/2,
and second passband edge # — w, /2. This is because

Hs(e/?) = H(e7*?)
so the frequency response Hp, (e/?) is produced by squeezing
that of H (e/“) over the entire baseband (from 0 to 27) into

a half of the frequency region (from O to x).
(iii)) Composite transfer function

Hpp(z) = Hy(—2%) Hy(—2%)

represents a bandpass filter with the first stopband edge
(r —wq)/2, first passband edge (7 — w,)/2, second passband
edge (7 +w))/2, and second stopband edge (7 +w,)/2. This
is because

Hpp(e/®) = H(=¢/?) = H (/X 77/2)
Thus the frequency response pr(ej‘“) is produced by first

producing a bandstop frequency response as in case (ii) and
then shifting it by z /2.
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Fig. 3.
passband for Example 1.

IV. DESIGN EXAMPLES AND COMPARISONS

In this section, we present three design examples to illus-
trate the respective design algorithms developed in Sec. III.
Each design is evaluated in terms of approximation accuracy
achieved in the frequency bands of interest. The perfor-
mance of each design will be compared with its conven-
tional FIR counterpart in terms of approximation accuracy
and implementation complexity. Interpolated and frequency-
response-masking FIR filters and their variants such as those
documented in [1]-[11] are well known for their computation-
ally efficiency, however this efficiency is achieved at increased
implementation cost of complicated filter structures including
much involved filter topology and additional function modules
such as up-sampling etc.. By contrast the C-filters investi-
gated in this paper possess a much simpler structure that
differs from conventional FIR filters merely by a trivially-
structured shaping filter. For the sake of comparison fairness,
therefore, the design examples presented below are examined
relative to conventional linear-phase LS, EPLSS, and minimax
FIR filters.
Example 1: We illustrate Algorithm 1 by applying it to design
a linear-phase lowpass LS C-filter with normalized passband
edge wp, = 0.2z and stopband edge w, = 0.257z. The total
L, error

(total) “p 2 4 2
E, = |[A(@) — 1]°dow + |A(w)|“dw
0

Dq

0 0‘.5 1‘ /mmmeS WWVWWWWWWA

Normalized frequency

(©)

0.01

0.008[
0.006
0.004|

0.002F

of
—0.002F : :

-0.004
—0.006

-0.008

-0.01

0 0.1 0.2 0.3 0.4 0.5 0.6

Normalized frequency

Amplitude responses of (a) prototype filter Hp(z), (b) shaping filter Hy(z), (c) C-filter H(z) over the entire baseband and (d) C-filter H (z) over the

is required to be no greater than 5 x 10~°. The length of
Hp(z) was set to N = 151. With L =3, D =14, W(w) =1
for w € Q,|JQ, and yg =[1 1 117, it took the algorithm
eight iterations to converge to a solution {x*, y*} = {xg, yg}
with y* = [1 6 5]7. The amplitude responses of the prototype
filter H,(z), shaping filter Hy(z) and C-filter H (z) are shown
in Fig. 3. The total LS error of the C-filter obtained was found
to be EY”“D = 4.9041x 1072, and the group delay 7 = (N—1)
/2 + D = 89. The number of multiplications M per out-
put sample is M = 76. For comparison, a conventional
linear-phase LS FIR filter [25] with comparable perfor-
mance was designed. This design was obtained by applying
Algorithm 1 with a single iteration where variable y, was set
to yo = 0.

With L = 3 and D = 14, there are a total of 864 nonzero y
vectors that satisfy constraints (11b) and (11c). An exhaustive
search for a globally optimal solution was conducted by trying
out every qualified y as the initial point y,. The optimal y was
found to be y** =[3 5 5]7 which led to an LS C-filter with
Egmal) = 4.8484 x 107, representing 1.2% improvement in

Egoml) over the design obtained by Algorithm 1.

For comparison, with filter length N = 175, the total L,
error of a conventional linear-phase LS FIR filter was found to
be Eémml) =5.1967 x 10~°. The group delay of the filter and
the number of multiplications per output sample are 7 = 87
and M = 88, respectively.
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Fig. 4. Amplitude responses of (a) prototype filter H)(z), (b) shaping filter Hs(z), (c) C-filter H (z) over the entire baseband and (d) C-filter H (z) over the

passband for Example 2.

Example 2: We now apply Algorithm 2 to design a linear-
phase lowpass EPLSS C-filter with sharp transition band
specified by w, = 0.1z and w, = 0.11z7 whose performance
is to be evaluated by its peak-to-peak ripple A, in dB over the
passband, minimum stopband attenuation A, in dB, stopband
energy E, defined by

/a
Ea:/ |A(w)*dw
o

the number of multiplications M per output sample, and
group delay 7. The passband ripple A, was required to be
no greater than 0.14 dB, the minimum stopband attenuation
A, is required to be below —60 dB (ie. 6, = 0.001),
and stopband energy E, is required to be no greater than
2.2 x 1078, The length of H,(z) was set to N = 519. With
L=7,D=18,y,=[1111111]",d, = 0.08, and
e = 5 x 1074, problem (19) was solved and its solution
X together with y, defines a C-filter achieving A, = 0.1681,
Ay = —60, and E, = 2.15x 1078, With x¢ held fixed, K =5
iterations of (22) were performed to obtain an integer solution
y; =[1111112]". Since y, # y,, problem (19) was
solved again with y fixed to y;, where ¢, was adjusted in
order to obtain a solution x; with practically the same peak
gain in the stopband and stopband energy as x so that the two
iterates xo and x| can be compared with each other in terms

of peak passband ripple. With e, = 2.95 x 107, the C-filter
specified by (x1, y;) achieved A, = 0.1387, A, = —60.1083
and E, = 2.1217 x 1078. We then run (22) again with
x fixed to x; and K = 5 that yields an integer solution
y, =[1111112]". Since y, = y,, the algorithm is
terminated and (x1, y) is claimed as the solution. The group
delay and the number of multiplications M per output sample
are T = 276.5 and M = 260, respectively. The amplitude
responses of prototype filter H,(z), shaping filter H(z), and
C-filter H (z) are shown in Fig.4.

For comparison, a conventional linear-phase EPLSS FIR
filter with comparable performance was designed. This design
was obtained by applying Algorithm 2 with a single iter-
ation where variable y, was set to y, = 0. With filter
length N = 551, the conventional EPLSS filter achieved
Ap = 0.1442, A, = —60.1208 and E, = 2.2140 x 1078,
The group delay and the number of multiplications M per
output sample are v = 275 and M = 276, respectively.
Example 3: Finally, Algorithm 3 was applied to design a
linear-phase lowpass minimax C-filter with normalized pass-
band edge w, = 0.157 and stopband edge w, = 0.187.
It is required that the peak-to-peak passband ripple A, is no
greater than 0.01 dB and the minimum stopband attenuation
is no greater than —64.8 dB. The length of H,(z) was set
to N = 221. With L = 5, D = 14, W(w) = 1 for
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Fig. 5.
passband for Example 3.

weQ,JQu and yo =[0100 017, it took Algorithm
3 four iterations to converge to a solution {x*, y*} = {xs, ys}
with y* =[03 3 2 1]7, hence a group delay 7 = (N —1)/2+
D = 124. The C-filter obtained yields A, = 0.0088 dB and
A, = —65.7571 dB. The amplitude responses of the prototype
filter H,(z), shaping filter Hy(z) and C-filter H (z) are shown
in Fig. 5. The number of multiplications M per output sample
that the C-filter requires is M = 111.

With L =5 and D = 14, there are a total of 4048 nonzero
y vectors that satisfy constraints (26¢) and (26d). An exhaus-
tive search for a globally optimal solution was conducted by
trying out every qualified y as the initial point y,. The optimal
y was found to be y** = [0 3 3 2 117 which coincides with
y* obtained by Algorithm 3. Therefore, the C-filter produced
by the proposed algorithm happens to be a global solution.

For comparison, a linear-phase FIR filters with equiripple
passbands and stopbands obtained using the Parks-McClellan
algorithm [15] with comparable performance was designed.
This design was obtained using MATLAB function firpm.m,
where filter length was set to N = 247. The group delay of
the Parks-McClellan filter and the number of multiplications
per output sample are 7 = 123 and M = 124, respectively.

In the three designs presented above, it is observed that
with comparable approximation error and group delay the
C-filters are found to be computationally more efficient relative

. 2 25 3
Normalized frequency

(©)
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Amplitude responses of (a) prototype filter Hp(z), (b) shaping filter Hy(z), (c) C-filter H(z) over the entire baseband and (d) C-filter H (z) over the

to their conventional counterparts in terms of multiplications
per output sample. We remark that the improved computational
efficiency is gained at a cost of using an adequately designed
shaping filter which however only requires several adders and
memory units to implement and is free of multiplications.

V. CONCLUSION

In this paper, the potential of the C-filters proposed in [13]
is further explored. Formulation and design algorithms for
C-filters that are optimal in LS, EPLSS, and minimax sense are
developed. It is demonstrated that with comparable approxi-
mation error and group delay the C-filters are computationally
more efficient relative to their conventional counterparts in
terms of multiplications per output sample.

REFERENCES

[11 Y. Neuvo, D. Cheng-Yu, and S. K. Mitra, “Interpolated finite
impulse response filters,” IEEE Trans. Acoust., Speech, Signal Process.,
vol. ASSP-32, no. 3, pp. 563-570, Jun. 1984.

[2] T. Saraméki, Y. Neuvo, and S. K. Mitra, “Design of computation-
ally efficient interpolated FIR filters,” IEEE Trans. Circuits Syst.,
vol. CS-35, no. 1, pp. 70-88, Jan. 1988.

[3] Y. Zou and T. Saramiki, “Design of computationally efficient narrow-
band linear-phase FIR filters,” in Proc. IEEE MELECON, Dubrovnik,
Croatia, May 2004, pp. 255-259.

[4] Y. C. Lim, “Frequency-response masking approach for the synthesis of
sharp linear phase digital filters,” IEEE Trans. Circuits Syst., vol. CS-33,
no. 4, pp. 357-364, Apr. 1986.

Authorized licensed use limited to: UNIVERSITY OF VICTORIA. Downloaded on December 26,2022 at 08:15:38 UTC from IEEE Xplore. Restrictions apply.



LU AND HINAMOTO: DESIGN OF LEAST-SQUARES AND MINIMAX C-FILTERS

[5]1 Y. C. Lim and Y. Lian, “The optimum design of one- and two-
dimensional FIR filters using the frequency response masking tech-
nique,” IEEE Trans. Circuits Syst. II, Analog Digit. Signal Process.,
vol. 40, no. 2, pp. 88-95, Feb. 1993.

[6] Y. C. Lim and Y. Lian, “Frequency-response masking approach for dig-
ital filter design: Complexity reduction via masking filter factorization,”
IEEE Trans. Circuits Syst. I, Analog Digit. Signal Process., vol. 41,
no. 8, pp. 518-525, Aug. 1994.

[7] T. Saramiki and H. Johansson, “Optimization of FIR filters using
frequency-response masking approach,” in Proc. IEEE Int. Symp. Cir-
cuits Syst., May 2001, pp. 177-180.

[8] W.-S. Lu and T. Hinamoto, “Optimal design of frequency-response-
masking filters using semidefinite programming,” IEEE Trans. Circuits
Syst. I, Fundam. Theory Appl., vol. 50, no. 4, pp. 557-568, Apr. 2003.

[9] Y. Liu and Z. Lin, “Optimal design of frequency-response masking filters

with reduced group delays,” IEEE Trans. Circuits Syst. I, Reg. Papers,

vol. 55, no. 6, pp. 15601570, Jul. 2008.

J. Yli-Kaakinen and T. Saramiki, “An efficient algorithm for the

optimization of FIR filters synthesized using the multistage frequency-

response masking approach,” Circuits, Syst., Signal Process., vol. 30,

no. 1, pp. 157-183, Feb. 2011.

W.-S. Lu and T. Hinamoto, “A unified approach to the design of

interpolated and frequency-response-masking FIR filters,” IEEE Trans.

Circuits Syst. I, Reg. Paper, vol. 63, no. 12, pp. 2257-2266, Dec. 2016.

S. K. Mitra, Digital Signal Processing—A Computer-Based Approach,

3rd ed. New York, NY, USA: McGraw-Hill, 2006.

D. Shiung, Y.-Y. Yang, and C.-S. Yang, *“ Improving FIR filters by using

cascade techniques tips & tricks,” IEEE Signal Process. Mag., vol. 33,

no. 3, pp. 108-114, May 2016.

D. Shiung, Y.-Y. Yang, and C.-S. Yang, “Cascading tricks for designing

composite filters with sharp transition bands,” IEEE Signal Process.

Mag., vol. 33, no. 1, pp. 151-157 and 162, Jan. 2016.

T. W. Parks and J. H. McClellan, “A program for the design of

linear phase finite impulse response digital filters,” IEEE Trans. Audio

Electroacoust., vol. AU-20, no. 3, pp. 195-199, Aug. 1972.

L. R. Rabiner and B. Gold, Theory and Application of Digital Signal

Processing. Englewood Cliffs, NJ, USA: Prentice-Hall, 1975.

R. E. Crochiere and L. R. Rabiner, Multirate Digital Signal Processing.

Englewood Cliffs, NJ, USA: Prentice-Hall, 1983.

J. W. Adams, “FIR digital filters with least-squares stopbands subject

to peak-gain constraints,” [EEE Trans. Circuits Syst., vol. 39, no. 4,

pp. 376-388, Apr. 1991.

P. P. Vaidyanathan, Multirate  Systems

Englewood Cliffs, NJ, USA: Prentice-Hall, 1992.

S. K. Mitra and J. F. Kaiser, Eds. Handbook for Digital Signal Process-

ing. Hoboken, NJ, USA: Wiley, 1993.

A. Antoniou, Digital Filters: Analysis, Design, and Applications, 2nd ed.

McGraw-Hill, 1993.

W.-S. Lu and T. Hinamoto, “Design of composite filters with equiripple

passbands and least-square stopbands,” in Proc. Int. Symp. Circuits Syst.,

Baltimore, MD, USA, May 2017, pp. 1910-1913.

J. E. Sturm, “Using SeDuMi 1.02, a MATLAB toolbox for optimization

over symmetric cones,” Dept. Econometrics, Tilburg Univ., Tilburg, The

Netherlands, Aug. 1998.

M. Grant and S. Boyd. CVX: MATLAB Software for Disciplined Convex

Programming. Version 2.0. Accessed: Sep. 2013. [Online]. Available:

http://cvxr.com/cvx

T. W. Parks and C. S. Burrus, Digital Filter Design. Hoboken, NJ, USA:

Wiley, 1987.

[10]

(1]

[12]

[13]

[14]

[15]

[16]
[17]

(18]

[19] and  Filter  Banks.
[20]
[21]

[22]

[23]

[24]

[25]

991

Wu-Sheng Lu (S’81-M’85-SM’90-F’99-LF’12)
received the bachelor’s degree in mathematics from
Fudan University, Shanghai, China, in 1964, the
M.S. degree in electrical engineering, and the Ph.D.
degree in control science from the University of
Minnesota, Minneapolis, USA, in 1983 and 1984,
respectively. He was a Post-Doctoral Fellow with
the University of Victoria, Victoria, BC, Canada,
in 1985, and a Visiting Assistant Professor with
the University of Minnesota from 1986 to 1987.
Since 1987, he has been with the Electrical and
Computer Engineering Department, University of Victoria, where he currently
is a Professor. His current research interests include analysis and design
of digital filters, signal and image processing, and the methods of convex
optimization. He has co-authored with A. Antoniou of Two-Dimensional
Digital Filters (Marcel Dekker, 1992) and Practical Optimization: Algorithms
and Engineering Applications (Springer, 2007). He served as an Editor for the
Canadian Journal of Electrical and Computer Engineering and an Associate
Editor for several journals, including the IEEE TRANSACTIONS ON CIRCUITS
AND SYSTEMS I and II, the International Journal of Multidimensional Systems
and Signal Processing, and the Journal of Circuits, Systems, and Signal
Processing. He is a fellow of the Engineering Institute of Canada and a
Registered Professional Engineer in British Columbia, Canada.

Takao Hinamoto (M’77-SM’84-F’01-LF’11)
received the B.E. degree from Okayama University,
Okayama, Japan, in 1969, the M.E. degree from
Kobe University, Kobe, Japan, in 1971, and the
Dr. Eng. degree from Osaka University, Osaka,
Japan, in 1977, all in electrical engineering.

From 1972 to 1988, he was with the Faculty
of Engineering, Kobe University. From 1979
to 1981, he was a Visiting Member of Staff with
the Department of Electrical Engineering, Queen’s
University, Kingston, ON, Canada, on leave from
Kobe University. From 1988 to 1991, he was a Professor of electronic circuits
with the Faculty of Engineering, Tottori University, Tottori, Japan. From 1992
to 2009, he was a Professor of electronic control with the Department of
Electrical Engineering, Hiroshima University, Hiroshima, Japan. Since 2009,
he has been an Emeritus Professor of Hiroshima University and a Teaching
Member of Staff with the Hiroshima Institute of Technology, Hiroshima.
His research interests include digital signal processing, system theory, and
control engineering. He has authored over 400 papers in these areas. He has
co-edited and co-authored Two-Dimensional Signal and Image Processing
(Tokyo, Japan: SICE, 1996). He is a fellow of the Institute of Electronics,
Information and Communication Engineers and the Society of Instrument
and Control Engineers.

Authorized licensed use limited to: UNIVERSITY OF VICTORIA. Downloaded on December 26,2022 at 08:15:38 UTC from IEEE Xplore. Restrictions apply.




<<
  /ASCII85EncodePages false
  /AllowTransparency false
  /AutoPositionEPSFiles true
  /AutoRotatePages /None
  /Binding /Left
  /CalGrayProfile (Gray Gamma 2.2)
  /CalRGBProfile (sRGB IEC61966-2.1)
  /CalCMYKProfile (U.S. Web Coated \050SWOP\051 v2)
  /sRGBProfile (sRGB IEC61966-2.1)
  /CannotEmbedFontPolicy /Warning
  /CompatibilityLevel 1.4
  /CompressObjects /Off
  /CompressPages true
  /ConvertImagesToIndexed true
  /PassThroughJPEGImages true
  /CreateJobTicket false
  /DefaultRenderingIntent /Default
  /DetectBlends true
  /DetectCurves 0.0000
  /ColorConversionStrategy /sRGB
  /DoThumbnails true
  /EmbedAllFonts true
  /EmbedOpenType false
  /ParseICCProfilesInComments true
  /EmbedJobOptions true
  /DSCReportingLevel 0
  /EmitDSCWarnings false
  /EndPage -1
  /ImageMemory 1048576
  /LockDistillerParams true
  /MaxSubsetPct 100
  /Optimize true
  /OPM 0
  /ParseDSCComments false
  /ParseDSCCommentsForDocInfo true
  /PreserveCopyPage true
  /PreserveDICMYKValues true
  /PreserveEPSInfo false
  /PreserveFlatness true
  /PreserveHalftoneInfo true
  /PreserveOPIComments false
  /PreserveOverprintSettings true
  /StartPage 1
  /SubsetFonts false
  /TransferFunctionInfo /Remove
  /UCRandBGInfo /Preserve
  /UsePrologue false
  /ColorSettingsFile ()
  /AlwaysEmbed [ true
    /Arial-Black
    /Arial-BoldItalicMT
    /Arial-BoldMT
    /Arial-ItalicMT
    /ArialMT
    /ArialNarrow
    /ArialNarrow-Bold
    /ArialNarrow-BoldItalic
    /ArialNarrow-Italic
    /ArialUnicodeMS
    /BookAntiqua
    /BookAntiqua-Bold
    /BookAntiqua-BoldItalic
    /BookAntiqua-Italic
    /BookmanOldStyle
    /BookmanOldStyle-Bold
    /BookmanOldStyle-BoldItalic
    /BookmanOldStyle-Italic
    /BookshelfSymbolSeven
    /Century
    /CenturyGothic
    /CenturyGothic-Bold
    /CenturyGothic-BoldItalic
    /CenturyGothic-Italic
    /CenturySchoolbook
    /CenturySchoolbook-Bold
    /CenturySchoolbook-BoldItalic
    /CenturySchoolbook-Italic
    /ComicSansMS
    /ComicSansMS-Bold
    /CourierNewPS-BoldItalicMT
    /CourierNewPS-BoldMT
    /CourierNewPS-ItalicMT
    /CourierNewPSMT
    /EstrangeloEdessa
    /FranklinGothic-Medium
    /FranklinGothic-MediumItalic
    /Garamond
    /Garamond-Bold
    /Garamond-Italic
    /Gautami
    /Georgia
    /Georgia-Bold
    /Georgia-BoldItalic
    /Georgia-Italic
    /Haettenschweiler
    /Impact
    /Kartika
    /Latha
    /LetterGothicMT
    /LetterGothicMT-Bold
    /LetterGothicMT-BoldOblique
    /LetterGothicMT-Oblique
    /LucidaConsole
    /LucidaSans
    /LucidaSans-Demi
    /LucidaSans-DemiItalic
    /LucidaSans-Italic
    /LucidaSansUnicode
    /Mangal-Regular
    /MicrosoftSansSerif
    /MonotypeCorsiva
    /MSReferenceSansSerif
    /MSReferenceSpecialty
    /MVBoli
    /PalatinoLinotype-Bold
    /PalatinoLinotype-BoldItalic
    /PalatinoLinotype-Italic
    /PalatinoLinotype-Roman
    /Raavi
    /Shruti
    /Sylfaen
    /SymbolMT
    /Tahoma
    /Tahoma-Bold
    /TimesNewRomanMT-ExtraBold
    /TimesNewRomanPS-BoldItalicMT
    /TimesNewRomanPS-BoldMT
    /TimesNewRomanPS-ItalicMT
    /TimesNewRomanPSMT
    /Trebuchet-BoldItalic
    /TrebuchetMS
    /TrebuchetMS-Bold
    /TrebuchetMS-Italic
    /Tunga-Regular
    /Verdana
    /Verdana-Bold
    /Verdana-BoldItalic
    /Verdana-Italic
    /Vrinda
    /Webdings
    /Wingdings2
    /Wingdings3
    /Wingdings-Regular
    /ZWAdobeF
  ]
  /NeverEmbed [ true
  ]
  /AntiAliasColorImages false
  /CropColorImages true
  /ColorImageMinResolution 150
  /ColorImageMinResolutionPolicy /OK
  /DownsampleColorImages true
  /ColorImageDownsampleType /Bicubic
  /ColorImageResolution 600
  /ColorImageDepth -1
  /ColorImageMinDownsampleDepth 1
  /ColorImageDownsampleThreshold 1.50000
  /EncodeColorImages true
  /ColorImageFilter /DCTEncode
  /AutoFilterColorImages false
  /ColorImageAutoFilterStrategy /JPEG
  /ColorACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /ColorImageDict <<
    /QFactor 0.76
    /HSamples [2 1 1 2] /VSamples [2 1 1 2]
  >>
  /JPEG2000ColorACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000ColorImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasGrayImages false
  /CropGrayImages true
  /GrayImageMinResolution 150
  /GrayImageMinResolutionPolicy /OK
  /DownsampleGrayImages true
  /GrayImageDownsampleType /Bicubic
  /GrayImageResolution 600
  /GrayImageDepth -1
  /GrayImageMinDownsampleDepth 2
  /GrayImageDownsampleThreshold 1.50000
  /EncodeGrayImages true
  /GrayImageFilter /DCTEncode
  /AutoFilterGrayImages false
  /GrayImageAutoFilterStrategy /JPEG
  /GrayACSImageDict <<
    /QFactor 0.15
    /HSamples [1 1 1 1] /VSamples [1 1 1 1]
  >>
  /GrayImageDict <<
    /QFactor 0.76
    /HSamples [2 1 1 2] /VSamples [2 1 1 2]
  >>
  /JPEG2000GrayACSImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /JPEG2000GrayImageDict <<
    /TileWidth 256
    /TileHeight 256
    /Quality 30
  >>
  /AntiAliasMonoImages false
  /CropMonoImages true
  /MonoImageMinResolution 400
  /MonoImageMinResolutionPolicy /OK
  /DownsampleMonoImages true
  /MonoImageDownsampleType /Bicubic
  /MonoImageResolution 1200
  /MonoImageDepth -1
  /MonoImageDownsampleThreshold 1.50000
  /EncodeMonoImages true
  /MonoImageFilter /CCITTFaxEncode
  /MonoImageDict <<
    /K -1
  >>
  /AllowPSXObjects false
  /CheckCompliance [
    /None
  ]
  /PDFX1aCheck false
  /PDFX3Check false
  /PDFXCompliantPDFOnly false
  /PDFXNoTrimBoxError true
  /PDFXTrimBoxToMediaBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXSetBleedBoxToMediaBox true
  /PDFXBleedBoxToTrimBoxOffset [
    0.00000
    0.00000
    0.00000
    0.00000
  ]
  /PDFXOutputIntentProfile (None)
  /PDFXOutputConditionIdentifier ()
  /PDFXOutputCondition ()
  /PDFXRegistryName ()
  /PDFXTrapped /False

  /CreateJDFFile false
  /Description <<
    /CHS <FEFF4f7f75288fd94e9b8bbe5b9a521b5efa7684002000410064006f006200650020005000440046002065876863900275284e8e55464e1a65876863768467e5770b548c62535370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c676562535f00521b5efa768400200050004400460020658768633002>
    /CHT <FEFF4f7f752890194e9b8a2d7f6e5efa7acb7684002000410064006f006200650020005000440046002065874ef69069752865bc666e901a554652d965874ef6768467e5770b548c52175370300260a853ef4ee54f7f75280020004100630072006f0062006100740020548c002000410064006f00620065002000520065006100640065007200200035002e003000204ee553ca66f49ad87248672c4f86958b555f5df25efa7acb76840020005000440046002065874ef63002>
    /DAN <>
    /DEU <>
    /ESP <>
    /FRA <>
    /ITA (Utilizzare queste impostazioni per creare documenti Adobe PDF adatti per visualizzare e stampare documenti aziendali in modo affidabile. I documenti PDF creati possono essere aperti con Acrobat e Adobe Reader 5.0 e versioni successive.)
    /JPN <>
    /KOR <FEFFc7740020c124c815c7440020c0acc6a9d558c5ec0020be44c988b2c8c2a40020bb38c11cb97c0020c548c815c801c73cb85c0020bcf4ace00020c778c1c4d558b2940020b3700020ac00c7a50020c801d569d55c002000410064006f0062006500200050004400460020bb38c11cb97c0020c791c131d569b2c8b2e4002e0020c774b807ac8c0020c791c131b41c00200050004400460020bb38c11cb2940020004100630072006f0062006100740020bc0f002000410064006f00620065002000520065006100640065007200200035002e00300020c774c0c1c5d0c11c0020c5f40020c2180020c788c2b5b2c8b2e4002e>
    /NLD (Gebruik deze instellingen om Adobe PDF-documenten te maken waarmee zakelijke documenten betrouwbaar kunnen worden weergegeven en afgedrukt. De gemaakte PDF-documenten kunnen worden geopend met Acrobat en Adobe Reader 5.0 en hoger.)
    /NOR <>
    /PTB <>
    /SUO <>
    /SVE <>
    /ENU (Use these settings to create PDFs that match the "Required"  settings for PDF Specification 4.0)
  >>
>> setdistillerparams
<<
  /HWResolution [600 600]
  /PageSize [612.000 792.000]
>> setpagedevice


