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Abstract— This paper proposes an efficient structure for im
plementing a linear-phase FIR filter of an arbitrary order N for
the sampling rate conversion by a rational factor bL/M, where
L (M) is the integer up-sampling (down-sampling) factorto be
performed before (after) the actual filter. In this implementation,
the coefficient symmetry of the linear-phase filteris exploited as
much as possible and the number of delay elementskept as low
as possible while utilizing the following facts. Whn increasing
(decreasing) the sampling rate by a factor oE (M), only every
Lth input sample has a non-zero value (only everiith output
sample has to be evaluated). In this way, the numbef required
multiplications per output sample is reduced approxmately by a
factor of 2 compared to the conventional polyphasenplementa-
tion. The proposed implementation is first illustraed using two
examples. Based on these examples, guidelines drert given on
how to efficiently realize anNth-order linear-phase FIR filter for
a sampling rate converter having an arbitrary rational conver-
sion factor L/M. Finally, the implementation complexity of the
proposed approach is evaluated and some examplesancluded
showing the efficiency of the proposed implementaih compared
to other existing ones.

Index terms—Multirate system, rational sampling rate conver-
sion, FIR filter, linear-phase

. INTRODUCTION

Many modern signal processing algorithms requireentban
one sampling rate in order to increase the effyeof the
overall system [H[8]. Such systems utilizing multiple sam-
pling rates are known as multirate systems. Thelmslding
blocks of a multirate system are interpolators hyisteger
factor L and decimators by an integer factddr Combining
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these two blocks results in a system that charfgesdmpling
rate by a rational factdr/M. The block diagram for such a ra-
tional sampling rate converter is depicted in Fegair[1]. As
shown in this figure, sampling rate conversion byagonal
factor L/M means that the signal is first up-sampled by a fac
tor of L, the resulting up-sampled sequence is filterecaby
transfer functiorH(z), and, finally, the filtered signal is down-
sampled by a factor dfl. The filter with the transfer function
H(2), as shown in Figure 1, has the following two msgs:
First, it suppresses the image spectra that areethuts of up-
sampling the input sequence by an integer fact@nd, sec-
ond, it prevents the aliasing effects that occueraflown-
sampling by an integer factif.

X[fm] AL U[77]= HE) W[f7]= M :’[n]

Figure 1. Rational sampling rate converter by &ofacf L/M.

For the system of Figure 1, the relation betweenatitput
sampling rate, denoted Iy, and the input sampling rate, de-
noted byf;, is given by

fout =(L/M)fin' 1)
Depending on whethe or L is larger, the sampling rate
converter of Figure 1 primary acts as a decimatanterpola-
tor, respectively.

This paper concentrates on deriving an efficienplan
mentation of the rational sampling rate converteoven in
Figure 1 only when theéth-order transfer functiotd(2) is
given by

N
H(2) =Y hz", (2a)
k=0
where

TheH(2) selected in the above manner is a transfer fonaf
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sesses a symmetric impulse response, that is: bNI)yZJ+1

of the filter coefficients are distinct.

The motivation for concentrating on this type ofioaal
sampling rate converters lies in the fact thatehare many
applications utilizing these converters, e.g., wafe radio,

! x] stands for the largest integer that is smallem tvaequal to.
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image resizing, digital audio re-sampling, mediegplica-
tions. In most cases linear-phase FIR filters aedu This is
because they do not possess feedback loops andfatiee
they are easier to implement in a multirate systéran com-
pared to IR filters. Moreover, these convertergehaxactly
linear phase in the frequency band of interest[®je to this
linear-phase property, the input-output relationso€h a ra-
tional sampling rate converter does not suffer flaamy phase
distortion. This is very important in many applicas, where
the envelopes of the time waveforms of the signetese
sampling rates are changed by a rational factodesé&ed to
be preserved. A typical example is the processirgncelec-
trocardiogram signal, for which the preservatiorthad origi-
nal waveform, after the sampling rate conversiergfia cru-
cial interest for still being capable of performidagnostics
concerning heart diseases. Since most of the afevgioned
applications are used in real time, it is importanbave an ef-
ficient implementation of all parts of the systantluding the
rational sampling rate converter.

For a system shown in Figure 1 that changes thelgagn

quired in the implementation has been reduced coedpaith

other existing approaches. In this paper, the igeesented in
[18] are extended further in order to enable arciefit im-

plementation of rational sampling rate converteith \Wnear-

phase FIR filters for any combination &f M, and N. It

should be pointed out that it has been hinted #] fhat an
approach similar to the one discussed there farpotators
and decimators can also be applied for rationalpiam rate
converters. However, as it is shown in this coutiimn, this is
not as straightforward as expected due to thedotien be-
tween parametels M, andN.

In this paper, the efficiency of the proposed impdata-
tion method is compared with the methods discusdexye.
Beside these methods, that directly implement tystem
shown in Figure 1, rational sampling converters banalso
implemented with other structures, e.g., variousdva struc-
tures [19]-[22] (see also the references in theseles). The
design and implementation of those converters hasadif-
ferent philosophy compared to the one studiedisghper. A
fair comparison between those designs and the peapone

rate by a rational factdt/M, the implementations proposed in would require plenty of study cases, especiallyhwiarious
[1]-[4], [10]-[15] utilize the fact that the filter is between anvalues ofL andM, and, as such, it is out of the scope of this
up-sampler (only everith sample is non-zero) and a down- paper.

sampler (only everyMth sample is taken as the output). In

these approaches, various techniques have beeerdppbr-
der to reduce the implementation complexity of dwerall

system. For example, in [L{]L2] a polyphase structure is de-

rived for efficiently implementing the filter (irhe rest of the
paper this approach is referred to as the polypmagkmen-
tation), whereas in [13] a fast Fourier transforasdd cyclic
algorithm has been used. Furthermore, as variquststes
introduce different delays to the signal, in [14]5] the em-
phasis has been put on structures that minimizevheall de-
lay between the input and the output of the ratisaanpling
rate converter. However, even if in most caseseal-phase
filter is used for implementing the rational samglirate con-
verters under consideration, in all of the aboventioeed ap-
proaches, the coefficient symmetry of this filtersinot been
exploited in the implementation. Consequently, hesit of
those methods could achieve a reduction in numberutti-
plications per output sample by a factor bf@mpared to the
direct implementation. Achieving such a reductisrhie goal
of this paper.

The outline of this paper is as follows: Sectiodélelops,
in terms of three properties, those basic inpupatutelations
for the rational sampling rate converter of Figliravhich are
utilized later on in order to make the overall papasier to
understand. For the sake of simplifying the disitus# this
section, the coefficient symmetry of the filtd(z), which is
given by (2b), is omitted, but is taken back intmsideration
in the rest of this contribution. Section Il giveso illustra-
tive examples on how to optimally exploit the comént
symmetry of linear-phase FIR filters for buildingnspling
rate converters by rational factors 2/3 and 5/8riter to min-
imize the number of multipliers required in the Iempenta-
tion. Based on these examples and the start-upepirep de-
veloped in Section Il, the proposed overall implatagon
scheme is described in Section IV. For this purpbest, two
implementations, which can be developed in stréogivard
manners for appropriate combinations Mf L, and N, are
generated and, then, based on these implementatibes
overall scheme is developed for arbitrary comboretiofM,
L, andN. The implementation complexity of the proposed

For either up-sampling or down-sampling with intege method is given in Section V together with four exdes

sampling rate conversion factors, efficient implatagon
structures exploiting the coefficient symmetriesaofinear-
phase FIR filter have been proposed in [16], [When im-
plementing these filters, in the case of interpokatand deci-
mators, in order to minimize the number of requinedltipli-
cations per output (input) sample, the coefficephmetry of
the filters as well as the fact that the filtere preceded by an
up-sampler by or followed by a down-sampler by is taken
into consideration.

The design approach proposed in [17] has been ediapt
[18] for implementing rational sampling rate cortees for
filter ordersN=M(L-1)+kL with k being an integer. By using
the method proposed in [18] the number of multigliee-

showing the efficiency of the proposed method owtrer
ones existing in the literature. Finally, some doding re-
marks are given in Section VI.

Il.  INPUT-OUTPUT RELATIONS FOR THE RATIONAL SAM-
PLE -RATE CONVERTER UNDER CONSIDERATION

In this section, some basic relations for the sysvé Figure 1
are derived for arbitrary values bfM, andN. These relations
are used in Sections lll and IV for generating Hitient im-

plementation structure for the rational samplingreonverter
under consideration. There are three distinct parthis sec-
tion. First, the time-domain input-output relatifor the sys-
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tem of Figure 1 is derived. Second, a compact magpre-
sentation of the input-output relation is presertted is more
suitable for generating an efficient implementatidrhird,

some relevant properties of the resulting matrpresentation
are discussed.

A. Basic Time-Domain Relations between Input and
Output Samples

For the rational sampling-rate converter shownigufe 1 the
time-domain relations between the four sequenceshiad in
this figure are expressible sequentially as

_[Xn/L] forp=0L,2L,..
U] _{ 0 otherwise (3a)
N
w7l =Y hy uln K] (3b)
k=0
yin] = wWMn], (3¢)

whereh,’s are the coefficients of the transfer functié(g), as
given by (2a). The coefficient symmetry, as given(db), is
not used in this section but it will be taken bauo account
in Sections Il and IV. Moreover, without loss cdrgerality, it

yin+/] = ihkx[w} for (=01 ..,.L-1, (6)
k=0

where only those summation terms (indic&s¥or which
(M(n+¢)-Kk)/L is an integer are involved in theth equa-

tion. The indicex that are used for a givef can be deter-
mined by rewriting(M (n+¢) —k)/L as
M(n+0)-k Mn k-(M
Qz__ ) (7
L L L
In (6), the start-up value of is not fixed and can thus be

freely chosen. By selecting to take on values @, 2L, ...,
the first part on the right-hand side of (7) canitten as

M ®)

m=—n,
L

wherem is also integer and takes on the valuesO, M,

2M... . Such selections of andm considerably simplify the

forthcoming discussions in this contribution. Theeend part

on the right-hand side of (7), in turn, becomesnéeger fof

k =mod(¢M,L)+K,L, 9)

where K, is an integer. Moreover, since in (6) only the-val

is assumed thafm] =0 for m<0. The direct combination of ues ofk satisfying 0<k<N are of interestK, is limited to

equations (3a)3c) leads, after some reasoning, to the follow

ing equation:

N p—
y[n]:thx[MnL k} . (4)
k=0

Due to the fact that the input sampi§s] exist only at inte-

ger-valued time instants, in the above summation only those

valuesK, = 01,...,K;"™ with

K™ =| (N — mod(M, L))/LJ:{N _LZM J{@J . (10)

Here, the following identity has been applied:

mod(M,L) = (M —|/M/L]L. (11)

terms for which KIn-k)/L is integer contribute to the output Based on (9) and (10), (6) can be rewritten foivery / by

valuey[n], that is, the summation contains only approxirtyate

LN/L] terms.

B. Input-Output Relations in Matrix Form

Based on (4), then¢KL)th output sample witk being an in-
teger, is

yin+KL] = zN: hkx[w}
k

0
N —_—
=th>{Mn k+KM]
k=0 L

By comparing (4) and (5), it can be observed tHa¢nvevalu-
ating the output sample$n] andy[n+KL] the same set of fil-

®)

ter coefficientshy is in use. This is due to the fact that the in-

put samples{m] exist only for an integer value @f and in
both cases this occurs only whevink)/L is an integer. The
difference is that in (5), when determinigjgn+KL], the input
samplesm] are shifted byKM input time units in compari-
son to the evaluation gfn].

The above observation implies that the time-donrguit-
output relation of Figure 1 is uniquely charactedzby the
following set ofL equations:

means of the summation ovéf, s as
g Mn Y
Yin+a= 2" b, {m X T—Kﬁ — I (12)
K,=0

By including the relation (8) between andn, (12) can be
expressed in a vector multiplication form as

x[m+[em /L]
x[m+[em /L |-1]

o LML L

y[n+/] = (13)

Pom ML L+l

Pom] (N-m L L xm-[(N-¢M)/L |

for ¢=03% ...,.L-1.

After some further considerations, for the ratiosam-
pling converter shown in Figure 1 with the givetiaaal fac-
tor L/M and a filter ordemlN, L consecutive output samples,
yin+/¢] for ¢=01...,.L-1, can be expressed by rewriting

(13) in a compact matrix form as a function of mgut sam-
ples in the time domain as

% mod(,k) stands for modulo after division betweerand k , with ¢ andk

being integers.
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h—pL h—L ho

LY L hiy

H ixprgsy =| Nam-pL hom-L  hay
_h(L—l)M—pL h(L—1)M—L h(L—l)M h(L—l)M+L

h, Mg h

L
hM +L hM +(g-1)L hM +qL
Pom L Nom +qu (14c)

h2M +(g-1L

h(L—l)M +(g-1)L h(L—l)M +qL |

(14a)

wherey, is a vector of the followind. consecutive output
samples:

Yoo =Nl yin+1] yin+2] yin+L-1]", (14b)

H o xp+q+1) IS @nL by p+g+1 matrix containing the filter coeffi-
cients as shown by (14c) at the top of the page wit

YnL = H Lx(p+q+D) X m+ p,m—q *

q=|N/L] (14d)
p=[(L-DM/L] (14e)

and
h¢=0 fork<0 andk>N. (14f)

Finally, Xmpm-q iS @ vector containing+g+1 consecutive in-
put signal samplegm] in the descending order as follows:

Xmepmeq = XM+ p]  Xm+p-1] m-q]]".  (14g)

C. Properties of the Input-Output Matrix H | xp+q+1)

This subsection states three important propertiethe rela-
tionships between the elements in the matkixp.q.1) that are
of significant value in Section IV when deriving afficient

structure for implementing the rationafM sampling rate
converter of Figure 1 for arbitrary values lof M, and N.

Since some properties discussed in this secticer tef the
polyphase components of the transfer functit(a), before
discussing these three properties, the transfatiumH(2) is

decomposed inth polyphase components as

L-1
H(2)=>z"H,(z"), (15a)
#=0
where
N#
H, (=Y h, nz"=h, Lz z?% - 29"  (15b)
n=0
with
h/,z =[h# h,u+L h,u+2L h,u+N#L] (15C)
and
N
N, = {TJ (15d)

for ©=0,1,...,L-1.

Property 1: Thepth columrf in the matrixH «gpsq:1) CON-
tains the following elements:

h=[h, hy (16)

This can be seen directly from (14c). Moreover eoasn
(8), it is straightforward to show that the elenseot the vec-
tor h are those filter coefficients which multiply thengle
input sampleqm].

Property 2. The /th row in the matrixH «p:q) for
¢=0,1,...,L-1 contains theu, th polyphase component of
the transfer functioil(z), where

M, =mod(M,L). a7

Based on Property 1, théth row contains the coeffi-
cienth,, . On the other hand, based on Property 2 and (15c)
the u,th polyphase component contains the coefficients
Pmodem L+ fOr r=0,1,..., Nypogem 1)~ By looking only at
the indices, it can be observed that there exish Re {0, 1,
<y Nimoggm 1) } for which

mod(¢M,L)+RL=/¢M , (18)

that is, theRth element in they, th polyphase component is
h,v - This equation, after applying the identity (1&an be
rewritten as

howm Y ]T .

R=[¢M/L. (19)

The combination of the above equation and Progdeityplies
that theRth coefficient h,,, is in columnp. Based on this
fact, it turns out that there apeR zeros before the first non-
zero coefficient in the/ th row. Similar evaluation can be per-
formed for determining the number of zero-valueckftio
cients in the/ th row after the last coefficient from the trans-
fer functionH(2) in the x, th polyphase component. Conse-
quently, by denoting the number of zero-valued ficiehts
before (after) the first (last) coefficient in the th polyphase

component Withﬂéb) (#Ea)), they can be evaluated as

u® =p-|mMiL] (20a)

u® =q-[(N-eM)/L]. (20b)

3 In this paper, rows and column are counted startith zero.
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Property 3: The matrixH xp+q+1), @S given by (14c), can be

expressed, in terms of the coefficients of Mtk-order trans-
fer functionH(2), as
S
h{t
H
h{")
H
ho
H Lx(p+g+d) = | )
H
h{t)

(21a)

where

h" —fo.  h, O

L™ (21b)

Ll
for ¢ =0,1,...,L-1. Here,0, , is a zero matrix of sizieby ¢
and h, is a vector containing those filter coefficienthieh

vinl
yin+1]
0 hy hy hy hg hg by
= “Xmiim-51
hl h3 h5 h7 h9 hll 0
where, according to (8) as well as the discussitaied to it,

n=0,L,2L, ... =0,2,4, ... and the corresponding derived
from (8) results iMm=(3/2)n=0,3,6,... , whereas the vector

Xmims IS defined by (14g). Taking into account the filte

(22)

coefficient symmetry given by (2b), (22) can berigen as

Ml ]
yin+1]
= “Xmm-5-

In order to generate a form that is appropriateaforefficient
implementation, the above equation is decompost timo

(23)

belong to they, th polyphase component, as given by (15¢)distinct parts as follows:

Wherea5y§b) and y((f‘) are given by (20a) and (20b), respec-

tively. Consequently, thé rows of the matrix p:q1) are

shifted versions of thé polyphase components of the filter

transfer functiorH(2).
It should be pointed out that singeod(’M,L) does not

depend orN, the order oH(2), the way of distributing thé
polyphase components of this transfer function agnibre L
rows of the matrixH .p.q:1) iS also independent df. This
fact simplifies the discussion in the following gens.

In the above discussions, the symmetry property (s
not been taken into account. After including thiogerty,
some redundancy will appear in the mattixp.q+1), as given
by (14c). This fact will be utilized in the follomy sections
aiming at reducing the implementation complexity tbe
overall system as much as possible.

Ill. SAMPLING RATE CONVERTERS WITH RATIONAL CON-
VERSION FACTORS — EXAMPLES

The purpose of this section is to clarify, by meahswo il-

lustrative examples, the forthcoming discussiorhow to ef-
ficiently exploit the coefficient symmetry of linephase FIR
filters when using these filters for implementingsampling
rate converter shown in Figure 1.

A. Rational Sampling Rate Conversion Factor 2/3

This subsection considers a rational sampling cateverter
by a factor ofL/M, as shown in Figure 1, with=2, M=3,
andN=11. In this case, the output sampling frequenayeis
creased by 3/2 with respect to the input samplieguency.
Based on the discussion in Section I1.B and pdgity(14a),
the relations betweeh=2 consecutive output samplegn]
and y[n+1], and the input samplegfm], is expressible in a
matrix form as

vinl | _ 1
| hotm-2y

(24)
{o oy 1y m}{xmlm_l}

h by s by O

The first term is very simple, thereby enabling eoaeémple-
ment it directly. The filter coefficient matrix ithe second
term is a so-called centrosymmetric matrix [17B][2Hence,
it can be efficiently implemented by using the deling de-
composition:

{0 ho hy hs hy hlj| Xme1m-1 _
b hy hs hy Ry O || Xm3ms

Xm—S, m-5

(25a)
=1 licgecc, 00O <@
1 -1/0 0 0d,d, dy [ ™™
where
c =(hy +hg) /2, dy=(hy—hy)/2, (25b)
and
| J X
Xfﬁlms{s 3} mm ) (25¢)
J3 13| Xm3ms

The variables,, ¢, ¢,, dy, d;, andd, depend only on the filter
coefficients and can be pre-calculated. The matligandJs;
are 3 by 3 identity and counter-identity matricespectively.
In a more general form, fot <k, the above term containing
the input data can be written as

4 The matrix decomposition in this paper is différém the one given in
[18] in order to generate a more general approeacklf combinations oN,
L, andM.
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% (D :{Il Ja } Xik-2+1 | _
k! Ji = Xeaae
XK]+X/] ]

Xk -1+ X ¢ +1]

(26)
XK= A+1+ X+ A1)
TIXk=-A+1-X¢+A-1

[k —1] - X[ ¢ +1]
K] =]

where the integer-valued paramefedepends o, L, andM
in the manner to be discussed in Section IV.

The overall implementation structure for the exagmh-
der consideration is shown in Figure 2(a). For gatireg two
output samplesyn] andy[n+1], this implementation requires
7 multipliers and 14 adders. This corresponds Son3ultipli-
cations and 7 additions per output sample. Theémphta-
tion of the same system without utilizing the comént sym-
metry (see, e.g., [11]) requires 6 multiplicaticarsd 5 addi-
tions per output sample. Hence, even in this sinegkample,
the computational savings, in terms of the numlbenwtipli-
cations per output sample, are considerable. Thenside of
this implementation is a slight increase in the hamof addi-
tions per output sample.

Figure 2. Implementation structure for a ratiorsahpling rate converter by a
factor of 2/3 using a linear-phase FIR filter olerN=11. (a) Proposed
structure. (b) Alternative structure with additibdelays.

The following remark is in place: When exploitirgetco-
efficient symmetry of an FIR filter, it is expectedat the
number of required multiplications per output saenjd ap-
proximately halved. This is not the case for ragiosampling
rate converters implemented by the proposed metAedt
can be seen in the above example, the achievedtiedlus
6-3.5=2.5<6/2=3. The reason for this lies in the fact that
the coefficient with the valub is not implemented efficient-
ly. In other words, as can be seen in (25b), thiabkesc, and
do depend only otn; and not on two different coefficients as
other pairs of variables, anddy for k=1,2, thereby the coef-
ficient symmetry is not utilized to its full potéat However,
in this particular example, the implementation ctarjy can
be further reduced by rewriting (24) as

vinl | [Xm-5] 1
{y[n+1]}_hl{x[m+l]}+h4xlm_2]{l}+

+|:h0 I"|2 h5 h3i||: Xm,m—l :|
hy s hy by || Xm-gm-4
In the above equation, the filter coefficidntis implemented
only once and multiplies both sampb¢a-5] andx[n+1]. By
taking into account down-sampling, it is obviousattithe
samplex{m-5] is a delayed version of the sampden+1],
with the delay being equal to two at the lowerechgling
rate, that is,+1-(m-5)=6=2M. Therefore, by using addi-
tional delay elements in the structure, as illusttan Figure
2(b), the overall implementation complexity redute8 mul-
tiplications and 6 additions per output samplethia case, the
coefficient symmetry is completely utilized. Howeyvet
should be noted that this cannot be done for &bmal sam-
pling rate converters because the above-mentioeky dal-
ue depends on the relation between the filter okiand the
down-sampling factoM and, therefore, in some cases this de-
lay does not have an integer value, as is desirgutdctical
implementations. Moreover, for large filter ordessich an
approach would considerably increase the memorgloop-
tion of the implementation because the requiredbrimof ex-
tra delay elements is proportional to the filteden: It should
be also noted that for longer filters, the nonedéint imple-
mentation ofh; contributes proportionally less to the overall
implementation complexity. Therefore, this papemamn-
trates on the implementation structures as thesbrsvn in
Figure 2(a), that is, structures without the exXesentually
possible) delays.

(27)

B. Rational Sampling Rate Conversion Factor 5/3

This subsection considers a rational sampling cateverter
by a factor ofL/M, as shown in Figure 1, with=5, M=3,
andN=23. In this case, the output sampling frequenadp-is
creased by 5/3 with respect to the input samplieguency.
By following the discussion in Section II.B and itak into
account the coefficient symmetry given by (2b)efivonse-
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guent output samples can be expressed as a furtibe in-
put samples in a matrix form as

yin] 0 0 hy hs hyghg g

y[n+1] 0 0 hy hyg hy hs hy
yin+2]|={ 0 hy hg by by hy O Xpioma (28)
yin+3] 0hyhg hy hy 00
yin+4] hy h; yy hg by 0 0

forn=0,L,2L, ... =0,5,10, ... . Here, the corresponding val-
ues of m are derived from (8), resulting in

m=(3/5n=0,3,6,..., whereas the vectoX ., . , is de-

fined by (14g). In order to implement the abovetays effi-
ciently, it is split into the following two parts:

yin] | |ho hs hy hg g N _
yin+1]| | hs hg hyg hs hy mm-4
17 Thy he hy by 1) (292)

B B o N5 Ng Ny m,m-1

= MuoX(m Z]MJ{Q he he h _{xm_sym_J

y[n+2] 0 hy hg hyy hy hy |

yin+3]|=| 0 hy hg hg hy O Xppoms- (29b)
y[n+4] h, h; hyy hg hy O ]

Both of these two parts can be implemented sinyileolthe
example in the previous subsection as

yin] 1
[y[n+1]} = h10)<[m—2]|:lj| +

(30a)
+1 ljcypcCy O O <O
1 -1] 0 0 dg; dog | ™™
yin+2]
yin+3] |=
yin+4]
30b
1 0 1|cpcic, O O O (300)
=01 0} 0 h hy O O O Xr(i)rz,m—s
1 0 -1 0 0 0 dy, di; dig
with
Coo = (g +hg) /2, dgg =(hy —hg)/2,
Co1=(hs +hg)/2, do;=(hs—hg)/2,

Cy=(+hy)/2, dy;=(h-hy)/2,

Cp = (hg +M1)/2, dip =(hg —hyy)/2.
The structure for implementing (30a) and (30c)hsven in
Figure 3.

For generating five output samples, this implemtona
requires 13 multipliers and 23 adders. This cooadp to 2.6
multiplications and 4.6 additions per output samjibecom-
parison, the polyphase implementation that doesutitze

the coefficient symmetry requires 4.8 multiplicatsoand 3.8
additions per output sample.

x[m+2]

x[m+1]

x[m]

x(m-1]

x[m-2]

x[m-3]

Figure 3. Proposed implementation structure fat@mnal sampling rate con-
verter by a factor of 5/3 using a linear-phase ftBr of orderN=23.

IV. SAMPLING RATE CONVERTERS WITH RATIONAL CON-
VERSION FACTORS — GENERALIZATION

As seen from the examples in Section lll, slighdifferent
implementation structures are achieved dependintherra-
tional factors as well as the filter orders. Irsthection, based
on the discussion of Section Il, guidelines areegion how to
derive an efficient implementation structure fogiaen ra-
tional factorL/M and a filter ordeN. This effectively means
to find an efficient implementation of the systenvem by
(14a) when simultaneously taking into account tbefficient
symmetry given by (2b).

The proposed method achieving this goal will badd
into three cases. The first two cases, which afernedl to as
Case A and Case B, respectively, consider ratisaaipling
rate converters with special relations betweenpér@ameters
N, M andL, whereas the third case, referred to as Case C,
shows how a system with any combinatioNoM, andL can
be converted to those two special cases in sucimenghat an
efficient implementatiohis achieved also in this general case.

A. Case A:N=M (L-1)+(2k+1)L
This subsection concentrates on rational samplatg con-
verters, for which the filter order is given by
N=M(L-1)+ (2k+2L, (31)

wherek is an integer. For these converters, the inpytdut
relation as given by (14a)—(14g) deduces, afteresstraight-

5 Examples in Sections IIl.A and IIl.B correspondQase B and Case C, re-
spectively.
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forward manipulations, as follows. First, (14a)eigressible
as

YnL = H Lx(p+q+l) Xmepm-q = H AXmipm-q (32&)
where the size of the matrik, is Ly by 24 with

Ly=L (32b)

A=(q+p+1/2. (32c)

Second, after applying the coefficient symmetrygag&n by

(2b), the matrixH, can be separated into two matrices as fol-

lows:
Ha=[H; H,], (33a)

where the matricebl; andH, are given by (33b) and (33c),
respectively (See the top of the page). Moreoveg © the

coefficient symmetry, it turns out that
Finally, for later use, the elements of the matttjxare denot-

ed ash(”) for k=0,1,...,.Ly-1 and ¢ =0,1,...,24-1, that is,

h&?’ is the element in thith row and/ th column of the ma-

trix Ha.

Third, most importantly, the matrid 5, as given by (33a),
becomes inherently a centrosymmetric matrix [1Z3]] [24].
Therefore, it can be decomposed into one of tHewiahg two
forms:

N2l O i,z
Hy=| 0 1 0 |x
Iwel O =12 (358)
C OL'—H/ZJJL 1, J,
e Ou Li _IJ
O, /2 D
oo w2 Tz |
A2 e asb)
C OLH/z,/l Iy Ja
OLH/ZJ‘ D Jﬂ. _ll '

depending on whether the paramedtgris odd or even, re-
spectively. Here, the matric& andD and the vectoe are
expressible as

Coo Cox Co,11
Cc= : : (36a)
Clua/ebio Cua/ebu Clua/2fri
AL, /2ba diL./2ka A, 2k10
D= : : : (36h)

d 0,1-1 d 01 d 0,0

e=leg & - el (36¢)
where
Cke = (hIE,A() + hfﬁ)_l_k’g)lz (36d)
di, =K -n" )2 (36e)
& =N 2}y (36)

fork=0,1,...,|Ly/2]-1 and ¢ =0,1,...,4-1. These parame-
ters depend only on the filter coefficients and,cuus, be
pre-calculated.

Fourth, as was shown in Section Ill.A, the thirdtéa on
the right-hand side of the expressions of (35a) @&h) can
be combined with the vector of the input samplefobews:

_ I, J,
X%é),m—q =|:Jﬂ _ }Xmﬂxm—q’ (37)

12

where the vectok of lengthp+g+1 given by (149).

m+p,m-q
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hopi, hpy, - ho he,, h, (1-p-2) b, (-p)
Ay, Pv_(ppr, - hm AL, By, (-p-2) Py, (2-p-1)

H, = (33b)

e -2m-pL, N -2m-e-e, P, -am N -am-u, - D -am, -p-2) N -2mt, (- p-)

e -om-pty, N -om-e-ne, - Py -om P om-, o B, oM, a-p-2) D, oMt (- p-)

s (a-g-aL, s (1201, - (g-p-1L,, - (a-pL, UNEEENN g,
hNﬁ-(ﬂb—q—l)LH -M hNﬁ-(ﬂb—q—Z)LH—M hN—(q—p—l)LH -M hN—(q—p)LH -M hN—qLH -M hN—qLH -M

H,= (33c)

hN+(,1-q-1)LH ~(Ly-2)M NNs(a-g-2) Ly —(Ly-2)M
ANv g1 Ly —~(Ly—)M ANy (a-g-2) Ly —(Ly-)M

PN p Ly -(Ly-2M PPty -(L-2M - PNcat, - -2m o, -y -2
= Po@opnty (L -oM PNty LM Pcat, -y oM -l (L, -om

Finally, for both converters, which are charactslizy

where the matricebl; andH, are given by (33b) and (33c),

the matrixH, that is given either by (35a) or (35b), an im-respectively, and are related to each other by. (B4 ele-

plementation structure can be derived in a manimeitags to
the ones shown in Figures 2(a) and 3.

B. Case B:N=M (L—1)+2kL

This subsection concentrates on rational samplatg con-
verters, for which the filter order is given by

N=M(L-1)+2kL, (38)

wherek is an integer. In a manner similar to the CaseoA-c
verters, for these converters, the input-outpudtieh, as giv-
en by (14a)-(14g), deduces, after some straightfiavwna-
nipulations, as follows. First, (14a) becomes

YL = H Lx(p+q+D) Xm+pm-q =

Xm+ p,m+ p—l+1:| (393)

=hBXm—4+p+HB|:X

m+p-A-1m-q

where the matriH 1), as given by (14c), is decomposed

into two parts, namely, the matriks of sizeLy by 24 and the
vectorhg of lengthLy with

Ly=L (39b)

2=|(q+p+1/2]. (39¢)

Second, after applying the coefficient symmetryga®n by
(2b), the matrixHg and the vectohg take the following
forms:

Hg=[H;, H,] (40a)
e, (- e, -
hvL, (- P+, (2-p)
hg = _ , (40D)
N oMt -p) | | s, c-p
Ly oMLy - p) e, (-

ments of the vectdng are those ones of thigh column (mid-
dle column) of the matri¥l «p:q+1) Which is disregarded, due
to the decomposition of (39a), .

Because of the fact that the matix has a structure iden-
tical to that of the matrixd », as given by (33a), it can be effi-
ciently implemented by using the same procedugeasribed
for the matrixH, in Section IV.A. In order to utilize the
symmetry properties of the vectbg, it can be implemented
as

by, 2-p
Neirz) O, r2)a hM+H|_ A-p
hg =] 0y, 12 1 - e
Izl Oz P12 Ly a-p
H HA™
or
b a-p
| IV
. {JL” ,2} My (41b)
Ly /2

Py (Lyy 12-1)+Ly A-p

depending on whethdr, is an odd or even integer, respec-
tively.

C. Case C: Any combinations olN, L, andM

This subsection concentrates on those rational sagngate
converters, for which the filter orders satisfyther (31) nor
(38). In order to arrive at an efficient implemdida also for
these converters, it is advantageous to separateintut-
output transfer matrixl xp+q+1), @S given by (14c)—(14f), into
two matricesH andHc, as follows:
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_ _ U, , the one, for whichy, becomes equal tbl-gL. After

finding r, the required remaining parametégsL,, p;, andg,
OLpp ! He, 5 can then be evaluated as
___________ S 42 L=r+1 453
H Lx(p+g+1) —| ! E (42) 1 ( )
o He 100 L=L-L, (45b)
- B o - (L-DM-(N-dl) (450)
where the matrice$d c and Hc, are of sized; by g+p;+1 1 L
andL, by g,+p+1, respectively. The corresponding two input- _
output relations can then be expressed as g, = L N mo?_(l_lM . L)J - L LlLM J . (45d)
Yoo =HcX - 43a
ke G R (433) It should be noted that when implementing the roasri
Vet = He, Xmepmeg, - (43b) Hc, andH¢, as Case A or Case B matrices, the sizes of the

When separating the matrbt,p.q.1), as shown by (42), matrices to be actually implemented &reby 24 with L, and
the ultimate goal is to select the matricds, and Hc, in 4 defined as

such a way that both of them have structures sintvlahose L = L, for He, (46a)
ones developed in Sections IV.A and IV.B for Caseuid AL, for He,

Case B converters, respectively. This will enabie o effi-

ciently implement bothH and Hc as illustrated by the {L(q+ p+1)/2] for He,

- |_(q2+ p+1)/2J for He,.
perimentally observed that for any input-output nixat o .
Hyxeq+1) Of @ rational sampling rate converter, there dmes N the above equationi is expressed in the forn = [t/2]
ist such a representation throutty,. andH_ .° with t being an integer. Fdreven and odd, the corresponding
1 2 . R . .
matrix, which can be eithét; or H , is a Case A and

46b
example in Section Ill.B. As a matter of fact, ashbeen ex- (46D)

In order to generate the desired matriéés and H_, ) .
Lo Case B matrix, respectively.
the parameterk,, Lo, pi, andq, have to be appropriately de- In order to illustrate the procedure for matrix cieposi-

termined. For this purpose, it is o.bserve.d thattdube struc- tion described in this section, the example giverSection
tre of Huxpiq:y) and the properties of its polyphase termsy; g i pe reused. In this examplé,=5, M=3, andN=23.

Hc, andHc, take on the desired form provided that the 1ashccording to (15c), the last element in zeroth iiavihe ma-
row in He ~contains the same coefficients as the zeroth rowix Hixpeqe1) is N = hy_q. =Na3 4.5 = hs. Therefore,

but in the time-reversed order. As can be seen ftb#), @4 (453)— (45d)
(21a), and (21b), the zeroth row of the matdx. g1y al- hhy=>u =3=r=1 = (47)
ways contains the zeroth polyphase component, ithdi,. —L,=2L,=3 p,=0q,=3

Moreover, as seen from (15c), due to the lineasphmoperty

of the FIR filter under consideration, the lasmedsit inhy is ~ This can be verified by (29a) and (29b). Finaltythis exam-

hg. =hn_q and the first element in theth polyphase compo- ple, He, and Hc, are implemented as Case B and Case A
nent ish,. Therefore, the goal is to find thiéh row, that is  matrices, respectively.

simultaneously the last row of the matrbtc , which con-

tains the 4, = uy_q th polyphase component. This corre- V. IMPLEMENTATION COMPLEXITY ESTIMATION

sponds to finding the integere {0, 1,...,L-1} such that the [N this section, an estimation for the implemewotaitomplex-
following equation ity of rational sampling rate converters realizedtbhe pro-
posed method is given together with four examphesving

mod(rM, L) =N —qL (44) the efficiency of the proposed implementation. tritlse im-

is valid. This unique value af can be determined by, first, plementation complexities are estimated for Casesné B
evaluating z, = mod(/M,L) for ¢=0,1,...,L-1 and, then, converters and, then, based on these complexitpatss, it

selecting among the resultihgpairs of the parameters and is explained how to *estlmate the complexity for €&scon-
verters. In all cases;, and C; stand for the number of mul-

, _ , . tiplications and the number of additions per ougample, re-
® The existence of the desired separation for argépase is based only on ;
SIS X =Y ; spectively.
extensive simulations, which did not come up witty @&ounter example.
However, no theoretical proof has been found upadw for validating this

claim.
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The implementation complexity of the mattik, of size
Ly by 21 can be estimated by

Cp,=Cr=41 (48a)
24 modly .2)
A+ for Ly >1
Cp=Ci= Ly Ly ; (48b)
22-1 for Ly =1

where 1 is either given by (32c) or (46b) ang, is either

equal toL or given by (46a) for Case A or Case C converter

respectively.
The implementation complexities of the matry of size
Ly by 24 and the vectong of lengthLy can be estimated by

* * 1 L
Cp=CB=A+L_LTHJ (49a)
H
24 mod( ,2)
A+ 41— for Ly >1
Ci=C5=1""1L, L, . (49b)
21 for Ly =1

where 1 is either given by (39c) or (46b) ang, is either

equal toL or given by (46a) for Case B or Case C converters,

respectively.
The implementation complexity for Case C convertens
thus be evaluated as

o - (50a)

C
+ +
+ _ LlCH01 + LZCch
p L !
where the implementation complexities df; and H., are

evaluated by (48a) and (48b); and (49a) and (4@bpective-
ly. In order to evaluate the complexity of Casedbwerters,
first, the matrix separation has to be performecbeting to
the discussion of Section IV.C and, then, dependim¢he re-
sulting separation, the complexities of the matyidﬂaCl and

(50Db)

He, are accordingly evaluated.

A. Rational Sampling Rate Conversion Factor 3/5

In this example, rational sampling rate converteith factor
3/5 are considered. Filters of various order hasenbimple-
mented by using the proposed method and the padgpbae
[11]. The corresponding implementation complexitiase
shown in Figure 4 and Table I. As seen in thisdabid fig-
ure, the proposed method results always in a systiéma
lower implementation complexity compared with thelyp
phase implementation. Moreover, this comparisonwshmow
the complexity of the proposed implementation reguwith
respect to the corresponding polyphase one whefiltireor-
der is increased. For example, as seen in Talibe the filter

order N=23, the number of multiplications required by the

proposed implementation is only 54.2% of that nddajethe

polyphase implementation that does not exploitcthefficient
symmetry, whereas foN=212, this figure drops down to
50.7%. As already discussed before, due to thetstei of the

matrix Hyxp+q+2) €XCeEpt in some special cases (see Section

I1I.LA), the number of multiplications cannot be ¥edl in
comparison with the polyphase implementation addcée
expected for a linear phase FIR filter. Neverthgles seen in
Figure 4(c), the proposed implementation approathissie-
sired goal as the filter order increases.

Furthermore, as seen in Table | and Figure 4, theee

Sslight variations in the implementation complestior se-

quential filter orders. This is due to the factttfoa some filter
orders, a more efficient matrix separation existsamparison
with others. It should also be pointed out thattfos example
this enables some good compromise solutions betwen
multiplication and addition complexity. As seen esglly in
Table I, by choosing a little bit different filterder, the mul-
tiplication complexity can be slightly decreasedhat expense
of a minor increase in the addition complexity argk versa.
TABLE | IMPLEMENTATION COMPLEXITY FOR RATIONAL SAMPLING RATE

CONVERTERS BY3/5IN NUMBER OF MULTIPLICATIONS (C*) AND ADDITIONS
(C*) PEROUTPUT SAMPLE FOR THEPROPOSED ANDPOLYPHASE IMPLEMEN-

TATION
Polyphas Propose Compariso

N |case|l c; | ¢ | ¢, | S | c/cs | c/cq
23 C 8 7 4.3 8.3 0.542 1.190
20¢ C 70 69 35.5 | 70.: 0.50¢ 1.01¢
21C C 70.52 | 69.2 3€ 71.2 0.51Z 1.02¢
211 A 70.7| 69.7 37 61.3 0.524 0.880
212 C 71 70 36 71.3 0.507 1.019
213 C 713| 703 363 7238 0.509 1.028
214 B 71.7| 707 37.71 623 0.526 0.882
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Figure 5. Comparison between the proposed impleatientand the imple-

3/5. Subindexed andp stand for the polyphase and the proposed implemen-mentation described in [13] for rational sampliaterconverters by 4/3. Sub-

tation, respectively. (a) Number of multiplicatiof@*) per output sample.

indexes, d, and 13 stand for the proposed implementatiorypbalse im-

(b) Number of additionsX ") per output sample. (c) Relative comparison be- plementation, and implementation proposed in [fe&pectively. (a) Multi-

tween the proposed and polyphase implementation.

B. Rational Sampling Rate Conversion Factor 4/3

In this example, rational sampling rate converteith factor

4/3 are considered. Filters of various order hagenbimple-
mented with the proposed method and method intrexdiuc
[13]. The resulting comparison is shown in FigureSkce in
[13] the results are given as a relative complewxity respect
to the polyphase implementation, in order to be ablreuse
the data from Table 1 in [13], in this paper, botathods are
compared with respect to the polyphase implememtaths

seen from the figure, the proposed method requieeser

multiplications but more additions than the methnd13].

However, the higher amount of additions is not @bfgm as
multiplications are more costly to implement thaiditions.

Figure 5(a) also shows that the difference betwbere two
methods becomes smaller as the filter order ineseddever-
theless, the proposed method results always implementa-
tion with a smaller number of multiplications thére method
in [13].

plication complexity. (b) Addition complexity.

C. Rational Sampling Rate Converters with Lth-
Band Filters

In many cases, when implementing a sampling rateeaxter,
a special type of linear-phase FIR filters is udathwn as
Lth-band filters. Among many interesting propertadsLth-
band filters the following two are relevant wheringssuch
filters for building rational sampling rate conwa: First, the
cut-off frequency of ath-band filter is located, in terms of
the angular frequency, approximatelyzt, and, second, the
value of the center coefficient’ig¢/L, whereas everyth im-
pulse-response value to the left and right fromcinater coef-
ficient is equal to zero. This is illustrated ingkie 6 for a
third-band filter of ordeN=14.

’ After compensating for up-sampling hythe center impulse-response coef-
ficient becomes one.
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h[ n] A
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1 I

el 1

Figure 6. Impulse response of a 3rd-band filtesrderN=14.

When using this filter in a rational sampling rateverter by
factor of 3/2, it is beneficially to utilize the abe-mentioned
time-domain properties in the implementation. thiiout that
this is very straightforward when implementing fhier with
the proposed method. That is, this method leadsetdollow-
ing input-output relationship:
Yn2=| 0 hy hg g hy Ny X0 4
b hy by hy by O

which reduces after utilizing the third-band prdpethat is,
h,;=h,=0 andh; =1, to the following simplified form:

hy g hg hs hy

Ynz=|hz hs hg N3 hy Xy s

01 00O
This implementation requires only 1.67 multiplicats and
3.33 additions per output sample. The implemematibthe
same system by using the polyphase implementatibhre-

quires 3.33 multiplications and 2.33 additions petput sam-
ple. Without taking into account the above-menttpeoper-

(51a)

(51b)

ties of thel th-band filter, the complexity would be 2.67 and 5

multiplications per output sample for the proposed the
polyphase implementation, respectively.

D. Rational Factor

147/160

In order to demonstrate the performance of the atkfior

Sampling Rate Conversion

larger values ok andM, this section concentrates on the clas-

sical example of rational sampling rate converdi@tween
the sampling rates of 48 kHz used in a digital audpe and
44.1 kHz used in a compact disc. This correspoadbéd ra-
tional sampling rate conversion factor 147/160tefd of var-
ious orders have been implemented by the propasggaly-
phase method. The corresponding implementation tiap
ties for the proposed method are shown in Figua. 74
comparison with the polyphase method is given igufé
7(b). Based on these figures, two observationsheamade.
First, also for this choice dfl andL, the proposed method is
more efficient that the polyphase one. Secondtiana sam-
pling rate converter given in Figure 1 has a linhitesability

using multistage rational sampling rate conversasshown
e.g. in [21] with the proposed method used for eEnpénting
every stage. Alternatively, for high valuesMfandL, other
techniques for rational sampling rate conversisgee(e.g.,
[22]), can be considered.
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Figure 7. Implementation complexity for rationahgaing rate converters by
147/160. Subindexasandp stand for the polyphase and the proposed im-
plementation, respectively. (a) Number of multigtions C*) and additions
(C™ per output sample. (b) Relative comparison betwke proposed and
polyphase implementation.

VL.

This paper has proposed an efficient implementaifdmear-
phase FIR filters of an arbitrary filter orddrfor providing a
sampling rate conversion by an arbitrary ratioredtdr of
L/M. In this implementation, the following three fadtave
been exploited: First, the filter impulse respoissymmet-
rical, second, only everyth filter input sample has a non-zero
value, and, third, only evemth filter output sample has to be
evaluated. By utilizing these properties, an imgatation
that is much more efficient than the ones propasethr has
been achieved.
The following remarks regarding the proposed method

should be made. First, except in some special csepro-

CONCLUDING REMARKS

for large values oM andL. The problem is that in this case posed method does not reduce the number of reqoicdth

FIR filters of a very high order are required tha¢ difficult
to design and implement. This problem can be oveecby

plications approximately by a factor of two comghte the
polyphase implementation as it would be expectearnding



R. Bregové, Y. J. Yu, T. Saraméki, and Y. C. Lim, “Implemeia of linear-phase FIR filters for a rational gaing-rate conversion utilizing
the coefficient symmetry JEEE Trans. Circuits Syst. I, vol. 58, pp. 548-561, March. 2011.

the fact that only approximately half of the filtevefficients
have different values. However, as seen from tremges,
the proposed implementation approaches this gothleafilter
order increases, thereby making the proposed agipnoere
efficient for filters with high orders. Furthermores shown in
Section IIl.A, in some cases, this goal can beea@d by add-
ing extra delay elements.

Second, the proposed method can be straightforyapl
plied to multistage rational sampling rate conusrte

Third, in the case of hardware implementation, rtfeth-
ods presented in this paper could be combined thhheory
about constant matrix multiplications [25].

Fourth, as long as the FIR filter used in the raicsam-
pling rate converter can be designed, the proposstiod can
be used to implement the converter in a more efficivay
than the corresponding polyphase implementation dioy
combination of valuedv, L and N. However, it should be
mentioned that for large values ™ andL, the proposed
method as well as the polyphase one might get ictiped
due to high hardware requirements (number of detaysmber
of multipliers, number of required bits, etc.). dases when

[11]

[12]

[13]

[14]

[15]

[16]

[17]

(18]

bothM andL can be factorized, this problem can be overcom[e19]

by using multistage rational sampling rate convsrto
Fifth, it has been experimentally observed thatmost

cases, for a giveh andM, it is beneficially to choose such

filter order that will divide the input-output matrinto two
parts of similar size (Case C convertor). In thase; due to a
small redundancy in matricdd, and/orHg a system with
smallest multiplication complexity will be obtainedmpared
to adjacent filter orders.

VII.
[1] R. E. Crochiere and L. R. Rabinéviultirate Digital Sgnal Pro-
cessing, Englewood Cliffs, NJ: Prentice-Hall, 1983.

2] N. J. Fliege,Multirate Digital Signal Processing. Chicester: John
Wiley and Sons, 1994.

[3] P. P. VaidyanatharMultirate Systems and Filter Banks. Englewood
Cliffs, NJ: Prentice-Hall, 1993.

REFERENCES

[4] G. Jovanovic-Dolecekiultirate Systems: Design and Applications.
London: Idea Group Publishing, 2002.

[5] F. Harris,Multirate Signal Processing for Communication Systems.
Upper Saddle River, NJ: Prentice-Hall, 2004.

[6] M. Laddomada, “Design of multistage decimationefit using cy-

clotomic polynomials: Optimization and design issU¢EEE Trans.
Circuits Syst. I, vol. 55, pp. 1977-1987, July 2007.

[7] M. Laddomada, “Generalized comb decimation filtess XA A/D
converters: Analysis and designEEE Trans. Circuits Syst. |, vol.
55, pp. 994-1005, May 2007.

[8] G. J. Dolecek and M. Laddomada, “An economicallef droop-
compensated generalized comb filters: Analysis design,” IEEE
Trans. Circuits Syst. |1, vol. 57, pp. 275-279, April 2010.

9] T. Saraméki, “Finite impulse response filter deSigBhapter 4 in
Handbook for Digital Signal Processing edited by S. K. Mitra and J.
F. Kaiser. John Willey & Sons, NY, 1993, pp. £3536.

R. E. Crochiere, L. R. Rabiner, “Interpolation atetimation of digi-

tal signals — A tutorial review,” ifProc. |EEE, vol. 69, pp. 300331,
March 1981.

[10]

[20]

[21]

[22]

(23]

[24]

[25]

C.-C. Hsiao, “Polyphase filter matrix for ratiorsdmpling rate con-
version,” inProc. |EEE Int. Conf. Acoust., Speech, Signal Process.,
April 1987, pp. 21732176.

D. W. Barker, “Efficient Resampling ImplementatighEEEE Sgnal
Process. Magazine, July 2008, pp. 114117.

H. Murukami, “Block sampling rate conversion systesing real-
valued fast cyclic convolution algorithmdEEE Trans. Signal Pro-
cess., April 1997, pp. 10701075.

G. Bi, F. P. Coakley, and B. G. Evans, “Rationahphng rate con-
version structures with minimum delay requireméntEE Proceed-
ings-E, Nov. 1992, pp. 477485.

H. G. Gockler, G. Evangelista, and A. Groth, “Mirihblock pro-
cessing approach to fractional sample rate corweisSgnal Pro-
cess., April 2001, pp. 673691.

Y. J. Yu, Y. C. Lim, and T. Saram&ki, “Restoringefficient sym-
metry in polyphase implementation of linear-phakers,” Circuits,
Systems, Signal Processing, no. 2, pp. 253264, 2006.

Z.-J. Mou “Symmetry exploitation in digital
tors/decimators,” IEEE Trans. Sgnal Process., vol
2611-2615, Oct. 1996.

R. Bregové, T. Saramaki, Y. J. Yu, and Y. C. Lim, “An efficieim-
plementation of linear-phase FIR filters for a @atil sampling rate
conversion,” inProc. |EEE Int. Symp. Circuits Syst., Island of Kos,
Greece, May 2006, pp. 539%5398.

J. Vesma and T. Saramaki, “Polynomial-based intatjpm filters —
Part I: Filter synthesis,Circuits, Systems, and Sgnal Processing,
vol. 26, no. 2, pp. 118,46, 2007.

D. Babk, J. Vesma, T. Saramaki, and M. Renfors, “Imple @igon
of the transposed Farrow structure,”Rnoc. |EEE Int. Symp. Circ.
Syst., May 2002, vol. IV, pp. 58.

M. M. Kashtiban, S. Farazi, and M. G. Shayesteptit@um struc-
tures for sample rate conversion from CD to DAT &#d to CD us-
ing multistage interpolation and decimation,”Rnoc. 2006 | EEE Int.

Symp. on Signal Process. and Information Technology, Vancouver,
Canada, Aug. 2006, pp. 63&7.

K. Rajamani, Y.S. Lai, and C. W. Farrow, “An eféiait algorithm for
sample rate conversion from CD to DATEEE Sgnal Process. Let-
ters, Oct. 2000, pp. 28&90.

L. Datta and S. D. Morgan, “On the reducibility @#ntrosymmetric
matrices — Applications in engineering problenGifcuits, Systems,
and Signal Processing, no. 1, pp. 7196, 1989.

R. Bregov¢, Y. J. Yu, A. Viholainen, and Y. C. Lim, “Implem&n
tion of linear-phase FIR nearly perfect-reconstorct cosine-
modulated filterbanks utilizing the coefficient syratry,” |IEEE
Trans. Circuits Syst. I, vol. 57, pp. 139-151, Jan. 2010.

O. Gustafsson and H. Johansson, “Efficient implemtén of FIR
filter based rational sampling rate converters gigtonstant matrix
multiplication,” in Proc. 40th Asilomar Conf. Sgnals, Syst., Comput-
ers, Oct. 2006, pp. 888B91.

interlae
44, pp.



