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Abstrace:

In thizs paper, the desipn of linear phase FIR digital filter nsing
Frequency Sampling method i presented. Such design is achieved with a
reduction in the maximum step-band ripptes wtllizing optimal fransition-
bupd sample value  thregghout the use of Golden Section search moethod fur
single iransilion samples, amd with aid of Steepest Descent method for double
ansition samples. The realication reguirentents of such flters are reduced
by the use of & new analytic design. The reduction can be inereased to 5024 of
the whole filter siruciure. Thercfore, the desigoed FIR filter offcrs glohal
prepertivs, minimwm »6op-band, minimam pass-band, average deviation, and
reduged structure complexity.

Koy warde: FIR dfoiral fiirer. Freguency sompling meihod, Optimal fronsiiion-
bait o semiples, Redured siructure complexiy.
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1- Jatroduction

FIR digital Mlters are strzightforward
to use in applications, whenever linear
phase is reguice, or it is imporiant not 1o
gencrate noise within the filter [1]-[3}-
Among alk design techniques, thers ae
essentially two well-known classes of
design technigques for linear phase FIR
filtery; namely- the window method and
Remez Fechange method, All of these
design methods have weakncss and
steongth points that must ke known
hefore  use, (o obkain Mo best
performancs [41-[9].

Recently, many other non-clnssical
methods are eported, such as Genetic
Algorithm {107, Parkzs-MeClellan, and
Frequency sampling method
[7LIEL[10]. It is well known that cxact
lizcar phose can only be achieved in
FIR. digital Gy in which the impulse
response i3 symimetrde [71-[F] But 1o
get 1he dosired pedvnowwe  (sharg
[ransition region or farge sfop-buwnd
attenuction) the FIR filwer may need oo
lurge number of coefficients, which
leads o complosity o desigm
realization, and computation, especially
for high order Glters [ L2]013].

The realization of FIR digital filler
i, basieally mnde by dirost mothod (4]-
[87. Later, many attempds are carrisd out
w reduce the hardware
implementations, such as, Chebwyshew
grocture [141015),  Mindmum  adder
Multiplier Blecks [16], Dumpster
MacLoad! slgorithm (1], and Som of
Powers of two [17]. Al the above filter
tealjzation metheds reducs the number
of required multiplications, and for
peduce  additlons,  or  replacing
multiphicrs with shifters and adders,

Tn this paper, 2 medification is achieved
in hoth desiga and realization of FIR
filiers. From the design side of view,
optical meihods  (Galden  Section
search, Stegpest Descent alporithm) are

used io improve the stop-hand and pass-
Laad intetvals recpanse of the FLR fliter
that is previously designed by the
Frequency Sampling methed.  The
design enhancement covers, in this
papcr, both single (o) and double (i,
wsh transition- band samplss. Such
improvement is deall with in Section 2,
T Seetion 3, and throwghout the use of
(helesky decomposition method  the
Frequency Sampling design gives rise
1w 50 momy zero coeflicients, thus,
reducing the realization eomplexity of
the abova filter.

The FIR filter, thal s optimally
desipned in section 2, s efficiently
realized via the wse of modified
Frequency Sampling method of sectien
3, resulting in A novel FIR filler design
aned realization, This is well described
in Section 4. Dlustrative examples are
shown in Seclion 3, Tn Section 6 S0me
vopcluzions ore given,

2- A Modified Design Method

Frequency Sampling method is one
of the methods used in FIR digital filier
design. This methed has no  direct
conterpart i the theery of analog
filters, Tt gives great flexibility over the
choice of filter magnitade
chamacteristic. Tt alsa produces FIR
Glter, which offers the advantages of
Haear phase respense [10]. The desied
frequency responsc in such method is
specified in diserote frequency domain,
and then by the use of the Inverse
Diserste Fourjer Transform (IDFT), the
corresponding  discrete tme  wpulse
response is obtamed [8].

Frequency Sampling filters are based
on specification of set uf samplea of {he
desired  frequency  response A1
N uniformly spaced points around o
wik gircle as showm in Fig 1. The
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refation  detcrmines  the  set  of
frequencies that have been used umil
the point

[
'=_| f= pharang = 1
f m Gl AL (D

eorresponding to the N frequencies at
which an & poimt DFT is evaluated.
There is a wecond set of uniformly
spaced  frequencies  for  which a
Frequensy  Sampling  stroctose  can
convenientdy be obtzined. The relation
determines this set of froquencies is

ﬂ*t‘%,l"gl. =0,1,... N1 (2)

Egn. {1} is called Type 1, while eqn.
{215 called Type 2.

&b
&0

Fig. 1Two vpes of frequency sampling
£rid poanis for M-even and A-odd.

The angular  spucing  betwsen
freguency sampling poinis iz squal to i1
= 1/ N Type | design has the inbial
paint at £ = 0, whereas Tvpe 2 design
s the initial podnt at 1~ &2 [4],]18].

For symmetde odd length flters, e
fonnula for obtaining FTIR coefficients
is [B]:

B = [401+ Eﬂzam ’—“‘-";,Ll’]]
I_|"J:

L
N

L&
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where
N 1s number of FIR samples,

Al.] i diseete desired  freguency
satiples, and

A (N - l]
2

The iechnigue of  Fraquency
Sampling can be used o design o wide
wvarety of filbers (Losw-pass  fillers
{LPT}, Dond-pass filtews {BPT) wmd
wide-band filters (WEFY). Fraquency
respornse wsaliy containg ripples in the
siop and pass-band  intervals. The
samples in these bands ore initinily
specificd  {fved vofuer given in the
dasfprt), b the frequency samples
which ocour in framsition-band sre made
> be uanspecified wvanshles  whiose
values are chosen by an optbnization
algoithm  which  minimizes seme
function of the approximation eror of
the filicr, like reduction of pass-band
rippies level or, reduction of stop-bamd
nipples level oF even hath. Arbitrary
chies of sampde’s valug in {ransition-
bard interval (e, 0.5 of the maximum
value} tay lead to some reduclion
tippies level, As example, if the tomsl
number of samples (V17 and pass-
hand  samples {i}=9, the frequency
response will be as shewn in Fig, Z.
When munsition-band sample (o) with
valge (L5 is chosen, the frequency
respanse is also shown in Fig. 2. Tt ean
be sgen from comparing the last jwo
responses that the peek stop-band ripple
has been reduced from -15.538 1 -
KB, and average deviation in pass-
band has beer these reduced froma 5%
i 3.0%, More reduction in these ripples
¢an be obtwoed by optimizing the
single transition-band sample's value
{ﬂhl‘.l [“]1[91- Such D]!‘I:imi.zlﬁun 5
achieved by using Golden Section
search, The name comes from ths fact
that the most cfficient search resuliy
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when the middle point of the bracket is
a lunctien distance 91803 from ohe
end puinl and 038197 from the other
[99. To addition to, limitalion in
transition-band sample values in scarch
(061803038197, the starting point in
aeatch from minimum peak is the
frequency at fst sample after e
optimized  one.  Nornally,  the
optimization process (s terminaisd when
the pesk ripple changes by & valuc that
is less tham @ piven value wallsd
stopping tofcrance, For our work, the
stopping tolerance I8 chosam (0.001).
When the Gelden Section methed is
applicd to the flter with M<19, axnd
K=9 the pplimized single transiton-
band saryple (o) value iz G.404630 (w00
Tig. 3.4) that reduces peek ripple to -
41 4dE ag shown in Fig. 2.

An]

B1z 3456 78 9
{ay

Agin]

et

. ";{ae

o l2 3 456 TR 9

)
Fig. 3 Discrele frequency magnifiide
respense for o low pass FIR filter with
(@) Single iramsition-band sample,
(b}  Double transition- band samyples.

n

Using double transition-band sumples
produce mere znd more weduction in
atop-bend ripples in dhe FIR digital
fitters response [%]). Golden Section
search and steepest Descent methods

are boln wsed in optimizing double
rransition-band samples (see Fig. 3.0),
For the sames filter (N=19, f=9) with
pplimized  double  transitivn-baud
samples ay,;=0.3668437, a.s=0.0904543.
Fig 2 illustrates alse the TIR filter
response with peak ripple of -73.3dB,
imd average duviativn 1.3% from the
ideai filter. It catt be sean that the
averape  deviation  in poss-bard
decreases for each of the above cases.
2 well, Table 1 shows the veduction in
the stop-hand peak ripple and pass-band
averape deviation {A%) from the ideal
filter for sach of the discussed cases,

3- New Design leads to
HReduced Realization

A non-clasaieal design method is to
be considered hore Such 2 method
depends on the design of a mimor imige
palynomial  P{z} for the sampled
version of the desived  froquemcy
mspense, 1his mirror image palynomial
can be exprossad by

F= 3 A" @

im—

and
FT . 5}
Ple'®y= RIOY+2F Ay cos war)
=]

Plef ) is required to meet the
potresponding  amplitude  mspense
Al yof the digital filker. To achicve
such sampled version of the amplitude
response A{w ) for m~l..M,
when @ =0 and @, =7, the eror is
defiped as

e )= !.P{ ) diw,) (0

is foresd 0 Yo wmie at wi =901, 8
fe.

e N i
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P(e'" ) = d{w ) 't

Oy + 2i' fnyoos{nm = dle,)

a=l

for w = k.., M {5

Eqgn. (8} can be writien it matrix form
ns

CH=A1 )]
wher
[1 mﬂﬁ}ﬂ mmﬂ . :l:-sh'a-;ﬂ_
1 cosa,  cosmm . ::umwl
=1 Em:l_ mm& . uns.".wz
1 coMp - CORMD Wy_
{10.a)
H' =0} 2501y 2402) 2him)
{10k}
and
A ={Aa) 4@) Ao) .. Aw,)
{1k}

The system of Egn. (%) can be solved
n an cfficient marmer by choosing
WM=M, o, =0,a =x/Nand

By 0, =y _mu_l’:”)r""'r UI}

The &  matrix  will hecome
symetric, while B and 4 are column
vectors of arder (V *1), Cholesky
decomposition [19] s used for solving
the mawix Bgn. (9. Marix o s
expressad imthe form
C=8SRY {(12)

where N iz the lower triangular matrix
{whose main diagonal elemers are all
U'sh and B s 4 diagonal matrix. The
elements of the matrices 8 and B are
readily determined by solving for the

147

/"™ clement of both sides of Egn.
{1, piving
k=0
[ni g
il
Tyt =y —kZu Fip s jx
for Of<i-1 [14y
and for the dingonal elemetis

i
Ch= 2 SuTeVa (15)
k=0
[y
i-1 2
M =0y L (163
k=0
with

The recursive Eqos, €133 w 17) can
be used to solve Sond & mamrices
Once  theze matrices  bave  been
determined, it iz velatively simple to
solve far the column vector M in a twe
siep procedore. From Eqns. (9} and
(12), we get

SRSH=A {1%)
which can be rewritten as

SB=4 {19.a)
ang

RSH=4 (10.h)
or

SH=R'R (19.c)

Thus, using the matrix 5. Egqn. [19.a)
cen be soived for the column veotor B
using & recursion of the form

b =alw) —r_z_:_.; B,

for 1=i= ¥ (20
with initlal condition

e gy
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By = o, ) (21)

Having obloining B, Eqn. {19.) can
be salvad recursively for M using the
relation

b #
alf] = j- 28, 0]

g=1d1

forlsi=i -1 {22

and
0= 22 - 235 ) (23)
with initial coodition
LLE
MY = 24

h

1t spould be noted that, the index [in
Egn (22) proceeds backwards  from
f=§-1 to i=1. Knowing ihe
cociTiciend mattix H | the mirsor innaje
potymomizl 1s thea forpned as i Eqoo
)ik,

Py = ih{n}s"

As en example, if N=7 and K=3, the
resulied cocfficient will be as:

HO =0.357143, H+1]=02820812,
H2l= 012871, HE3]=-00981305,
HiA] = 008907, ALS]= 00494301,

HH] =0.031 7887, HZ7§= -0.0357143,

While solving for these cosfiivicnts
Ml of digital FIR using the sl
Frequency Sampling mecthod with e
samples  being arranged it penetally
accepinble forms, the method leads o
seme  zetn  coefficients. Tor single
transition-eand  sawuple, the sampled
version vecter A can be put in 4 form
W mach the desived  frequency
Tespons

Basrah Jownal for Engineering Scicness 200

with g =[[K _I}E]rad.. and B
‘ N

wansition-band of % rad. For =xample,
N

for FTR [ler with =8 und =4, the
sumpled versign vestor is expressed as

A=fi 1 1130000

Solving using such desipn method, the
resulting coetticients are

0] = 0.5, K1]=0.314904,
H2) =0, A2]=-0093537%,
B4] =0, H5]=0.0417612, H6] =0,
7] = -0.012432, A[8] =0

In the above example, the number of
sorn  coefficients s p2 The
corresponding frequency tespanse for
his digital FIR Filker is shown in Fig. 4.
The choice of N detcrmines the number
of wero coefficicnts. In this form of Eqn.
(25), even length (N even) gives N2
zore coeffizients, while ndd length [V
adkdy gives only B be equal to zerd,
and this is the worst casc.,

Far double trapsition-band samples,
the sampled verswon veolor 4 s

A':I} L Loy A .. 0 426}
Pogs-tynd K stop-hend (V-K- 1)
samRpley smplca

Dbl transition-band
sampies

whers @, +a, =1, with

@, =[[f};—]]n] sad., end 2mfN rad. is

the tansition-band interval, The above

g Py,

D000 Iwrigll p hallE puesill A



choice will give rise to K zero
cocfficicnts, For the case, with N =9,
K=4, a,=08, and o, =02, ths
filter cocfficients arc:

A0l =05, Al =0.312214,
#2] =0, A3} =-0,0R88%0,
A4 =0, H5]=00384762,
H16] =0, H7]= 00173569,
(8] =), H[9] =0.0055556,

Fig. 3 shows the frequency cesponse
ol this FIR filter.

From the last two simple examples,
the mumber of zero ceefficients may be
increased o be AT or A This means
that a hig reduction in depree of
complexity ¢an bc obtainced. This in
wm reduces the number of multipliers
in the fller realization by o number {7
where | £ I7< N2

4. Efficient De and
Realization

An improvemsmt in the ahove
mentioned desten 15 10 be conuiderad,
bere,  The double transition-band
samples [ @4, and &, ) wih
{u,+a.=11and(a, +a,) give some
zero coefficients, but thizs arbitrary
choiee means & wide range for g, and

comsequently g, values, Therclore,
cptinizalion process can be employed
to reduee both peak step-band dpples,
and pass-band average deviation fram
ideal filter. So, the new designed FIR
filter can be achieved with NI zero
cocfficients,  mimimuwn  zop-baod
ripples, and reduced pass-band averape
devimtion level As an example, we
chooze s =11, K=3, a,=0%, and
d =01, The toml number of zero
coetlicients is five as listed below:

149

H[0] = 0.500012, A[1}=0.316815,
W2l =1, 3] = -0.101866,

H4] =0, 5] =0.0575044,

H5] =0, H7]=40.0387368,

HIEY =0, R[O] =0.02D0282,

H10) =01, 11} = -0.0136354,

The frequency response for this L1-
tap filter is shewn in Fig. & with
minimum step-tand peak ripple at -
3348, and averzge devistion level of
1.3% in the pass-band. Optimizing
double  transition-hand swmples (a2,
g ) values, by using Golden section
seerch and Steepest Descenl algoxithm
together, results in optimized sample
valuecs  of (0779858, 0.220142),
respectively. In this case, the resulting
FIR filter soofficients ara:

A= D.500003, A[1]=0.3136946,
H2]=0, 3] =-0.092792,
Ad]=0, A5 =0.0431997,
AB]=0, W7} = 0.0203601,
A8} =10, MY] =0.00896901,
HL =0, A11] = -0.00271436,

The frequency response for this filtec
15 alta shown in Fig. & with minimam
dlop-band peak ripple being reduced lo -

53AR. and average deviation level of
0.14% from the ideal Blter in the pass-
band. [t shownld be tetad here, that the
number of zepre coefficients iz sll
manfaimed at fisve.

E- A General Design Example

Difforent  dezign mothodz arc
examined For different cases. Care 1
ilusttates a 15-tap low-pess FIR digital
filter with no opfimization, while Case

I e ———
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2 represents the same FIR filter with
atbitrary single tansition-band sample.
The same FIR fiker is redesipned in
Cave % owith optivized gingle transition-
band sample, Finally, Case 4 illusirates
the above FIR filter with double
oprimized trapsition-band samples, All
the abdve eates ean be realized with no
wero coefficlents.  The  freguency
rasponges of the above cases are shown
in Fig. 7.

A 13Hap jew-pass FIR filer is also
desigied (0 Cese 5 with fixed single
trammtice-bansd  sample and  realized
with single zere coefficient value. The
same FIR filter of Cose §, (9 redosipned
in Cose 6 with unity sum  double
transition-tand samples and N2 zero
cocfficiert wvelues, The corresponding
frequency responses of these Two cases
are shown in Fig, 5.

The exomple in Case 7 is 8 15-1p
low-pass FIR filter designed by the
method of reduced realization {many
zero  coefficierts),  The design s
accomplished by usitg a compatative
cplimizaticn process to reduce the pass-
band average deviation level, while
heving as many as pessible zero
coefficients. Figure 9 shows this FIR
filter ficgueney response.

lebls Z shows the FIR  filer
coefficiemt values for different cases.
Tahiz 3 summerizes the resulting
parameters of different cases, From this
bl L van e seen dat in the Chses
fimm 1 o 4. the percentage pass-band
average deviztion (A%) is reduced from
4. 78% in Case 1 to 1. 20% in Caxe 4. In
wddition to that, the siopband peak
ripple is reduced from -14dB8 1o Cease 1
to ~73dB in Case 4. The advantagss of
the method used in Case § and Case 6
are the effaetive reduction in realization
becanse there are somie zere coefficiants
resulted in thess cases which means a
realization  with reduced mumber of

Basrah Journal for Engineering Sciences /2008

multipliers ¢withow 1 mulliplier in
Case 8, md without 7 multiplises
Case 6).

Chr poals of minimum realization
and oplimal responss are reached in
Case 7 to reduce the petceniigt pass-
band avempe deviation to (12% and
having 4 gand siep-hand peak sipple of
-55d8, while & zero coeflicients will
lead o minimization in the member of
regires] multipliers by six

usion

One of drawbacks of FIR dightal filter
is that a fwlmoll-off can e only
achieved with high complexity, In this
paper, 2 novel design method, which
leads to many zere coocfficients
{complexity redoction), has been
presened. The meihod depends on
Frequency Sampling of the desired
frequency response. Many examples
have been given to ilustrare the simple
design with the reduccd realization
complexity, In order o have a perfect
design, optimal methods have been nsed
i oblain a frequency response with
mirdmized stop-band ripple levels, and
roduced  pass-bind  average deviation
frora ideal FIR filter. A final FIR filter
has  been designed  having  both
properties optimal frequency respomse
and  complexity, This  complexity
reduction leads to high spesd operation,
less encrgy consumption, low ¢ost, and
small implementation size.
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Fig. 2 Frequency response.for a low-pass FIR filter
with N=10_and k=0
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Fig. 7 Frequency response for a low-pass FIR filter
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Basrah fournal for Engincering Scicnees (2009 2009 Aol ol gt s



130

1% —
———
g -
= .50 —
H J
== IRt {Tibmrwth Mu12
w 75—
.g —l— Gk b
§ =y —— Ceank
5“ -D i —
-I15 —
B E L
=175 T 1 T I T I T |
oo 1.0 240 an 4.0

Frequency () vad

Fig. 8 Frequency response for a low-pass FIR, filter
with V=15, and K= 7

e P e ———————————
Basrah Jownal for Engineering Sciences /2009 20097 & punigh o gl o ol s



