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ABSTRACT

An important requirement in the design of data transmis-
sion filters is the minimization of intersymbol interference
(ISI), which is zero if the overall impulse response (transmit-
ter filter, channel and receiver filter) satisfies the Nyquist
criterion, i.e. it has uniformly spaced zero—crossings.

An important class of transfer functions, satisfying the
Nyquist criterion, is the so—called raised—cosine filter family.
In this paper, a design method is given to find the coeffi-
cients of couples of linear—phase transmitter/receiver FIR
filters, that cascaded have raised—cosine amplitude.

The design is based on Frequency Sampling techniques,
and the filter parameters are chosen in order to obtain max-
imum stopband attenuation. The filter coefficients can be
easily evaluated and the optimal filter parameters can be
obtained with tables. The design method is very simple
and suited for non—filter—oriented users.

The main advantages of this design approach concerns
its simplicity, flexibility, and efficiency by which the receiver
and transmitter filters can be generated. Furthermore, the
design method may be efficiently developed in the software
radio systems, based on architectures using general-purpose
processors, as DSP or FPGA platforms.

1. INTRODUCTION

One of the main advantages of software radio terminals con-
sists in the fact that, replacing analog with digital signal
processing, it’s possible to reconfigure the systems via soft-
ware. Thereby, with a dedicated hardware, such as FPGA
or DSP, any filter, which realizes a generic transmit wave-
form, may be completely reconfigured according the re-
quirements of the current transmission standard ([3],[4],[5]).
Different requirements are imposed to the transmitter and
receiver filters in the design of a data transmission system:
the transmitter filter is used to band-limit the signal spec-
trum to the Nyquist bandwidth, while the receiver filter
must reject the out—of-band noise or the side—channels, and
it needs therefore to have high stopband attenuation.

The stopband attenuation is in fact a very important
constraint, and it must be minimized in order to reduce
the interchannel interference (ICI). Besides, the cascade of
the transmitter and receiver filters must satisfy the Nyquist
criterion, in order to avoid intersymbol interference (ISI).

Various techniques have been proposed for designing
digital filters satisfying the Nyquist criterion. A very com-

mon solution is the use of FIR filters, which have been
successfully designed using linear programming (LP) tech-
niques ([6] and [7]) in [8], [9] and [10], obtaining filters with
equiripple stopband behaviour. In particular, filters de-
signed in [8] and [10] can be split into two low—pass (Tx
and Rx) filters. Although linear programming is a very
flexible and powerful technique for designing digital filters
it does suffer from some numerical ill-conditioning problems
for high-order filter design.

In ([10]) a simple modification to the standard linear
programming approach to FIR filters design has been pro-
posed, which avoids the necessity for a dense grid of fre-
quency points. However, the design method can not guar-
antee the convergence of the proposed algorithm, and such
technique assures that the designed filters are optimal only
in the sense that they achieve the maximum possible stop-
band attenuation for a given filter order and stopband edge
frequency.

A valid alternative to the use of linear programming
methods has been proposed in [11], in which an iterative
technique for designing equiripple FIR Nyquist filters using
a multistage structure is shown. The multistage implemen-
tation shown in [11] is very efficient, but the resulting filter
cannot be easily split into a transmitter /receiver filters pair,
because it is not generally verified that the two separate fil-
ters can meet the ICI specifications.

Design methods for FIR structures are very common
because FIR filters can be easily constrained to have linear
phase. On the other side, FIR structures generally require
a large number of multipliers to meet the design specifica-
tions. Some alternative solutions able to avoid this problem
can be found in literature. In this paper linear phase FIR
structures have been considered. The considered evaluation
criterion is the sidelobes amplitude in the stopband (which
characterizes the amount of ICI).

A design procedure will be described, able to give the
filter parameters either with simple formulas and design
charts, or with a fast computer program.

The proposed design method controls the stopband at-
tenuation of the global transfer function, and it constraints
the stopband attenuation of both the transmitter and the
receiver filters as well. This is a very important require-
ment, especially when the transmission channel is charac-
terized by a low signal-to—noise ratio. The design method
gives a very efficient solution and, with respect to other
techniques, has a number of advantages and features. First,



it is guaranteed to yield a solution and there are no conver-
gence problems. Furthermore, with respect to the method
proposed in [10], it involves a much smaller computational
effort because both transmitter and receiver filters have a
symmetric impulse response; this latter characteristic al-
lows a reduction of 50% in the number of multipliers. The
FIR filters are inherently linear phase filters and so there is
no need of group delay equalizers. Finally, with respect to
the ICI minimization, we give a design chart whose points
may be stored in a ROM memory. In this way, by a pro-
grammable platform it is possible to retrieve the optimum
combination of parameters in order to design a very efficient
filter with a very small number of taps.

2. THE NYQUIST CRITERION IN THE
DIGITAL DOMAIN

Denoting by h[n] the overall system impulse response, the
Nyquist criterion in the time domain states that

h[n]:{gl

where A is a nonzero constant, no is the discrete sampling
instant and NN, is the number of samples per period. N,
represents the oversampling factor, as, being 7" the sampling
interval, F' the sampling frequency and R, the baud rate
(in symbols per second), we have F = 1/T, R, = 1/N,T,
and N, = F/R,. The Nyquist criterion can be expressed
in the frequency domain as well: being H (ej2"f T) the z—
transform of h[n] evaluated for z = e/>"f7 and Hr (eﬂ"fT)

a function equal to H (ejz"fT) for —5 < f < 5= and zero
elsewhere, the following condition must hold

if n =mngp

ifn=no kN, k=12.. @

+ oo
> Hy (77U HNDT) = AN, (2)

k=—o0

(the frequency range (— %, %) will be called in the follow-
ing the “Nyquist bandwidth”). Note that the transfer func-
tion has an odd symmetry around the point (ﬁ, AJQVS )

From equations (1) and (2), we can see that the Nyquist
criterion in the digital domain is practically the same as in
the analog domain, therefore the digital filter design can be
performed starting from analog results, i.e. digitizing some
well-known analog Nyquist filters.

3. RAISED-COSINE FILTERS

It is well-known from the analog filter theory that the
so called raised cosine transfer function [1], denoted by
R(fa,p,Ts), where f, is the analog frequency, p the roll-off,
and T, the symbol period of transmission (i.e. Ty = N,T),
satisfies the Nyquist criterion. The expression of a raised—
cosine function is

1 for |fal < fu
R(fa,p,Ts) = 4 o8’ [l falTs =1+ p)]  for fi <|fal < fo
0 elsewhere
(3)

where fi = 12—}53 and fo = 12—4:;;‘3 The function is com-
monly shared between transmitter and receiver filters, as
R*(fa,p,Ts) and R'™(fa,p,Ts), where a is chosen in or-
der to optimize the performances.

As the expressions of the Nyquist criterion in the analog
and digital domain are equivalent, we will try to approxi-
mate a transmitter and a receiver filter with transfer func-
tions R*(f, p,Ts) and R ~%(f, p,Ts) in the Nyquist band-
width (where f, is the digital frequency), that will satisfy
Eq. (2) when cascaded.

The problem that we consider in this paper is there-
fore the design of a digital FIR filter with linear phase
and transfer function magnitude equal to R*(f, p,Ts) with
0 < a < 1. As we are looking for a causal FIR filter, we
introduce a linear phase ®(f) equal to —7 fT'(N —1), being
N the filter length. Therefore we will start our design from
the ideal digital transfer function

Hi(f) = R*(f,p, Ts)e’*") (4)

4. FILTER DESIGN

Various FIR design methods have been proposed in litera-
ture [2]. We chose the Frequency Sampling (FS) method,
which allows the evaluation of the filter coefficients h[n]
with a simple direct formula [2]

N—1
hinl = Y Hie ¥ (5)
k=0

where Hj are the samples of the ideal transfer function
H(f) at the equally spaced points f; = &,k =0,..., N—
1.

The FS method produces a digital transfer function
Hp(f), which is forced to assume the ideal values Hj, at
the frequencies fi, but Hp(f) is not directly controlled in
all the other frequencies. Despite of the fact that the FS
method doesn’t give us control on the filter behaviour in
the time domain, it has been shown in [16] that FIR raised—
cosine filters designed with FS offer good performances in
terms of ISI, compared with Time Domain methods. In our
design method, the filter length IV is set equal to 2N Ep,
where F), is the number of periods on the right (left) side
of the impulse response. The value E, is a real value com-
patible with the constraint that 2/N; E, must be an integer
number. We will examine both integer and non-integer val-
ues of E,. The samples H}, to be plugged in Eq. (5) can be
evaluated from Eq. (3) and Eq. (4):
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where we have set Na = [Ep(1—p)] and N = [Ep(1+p)].




5. ICI PERFORMANCES

In order to evaluate the effects of ICI, we first define the
filter bandwidth B, as twice the “gross bandwidth” of the
useful channel (see Fig. 1), i.e. the frequency range from
zero to the first null of the ﬁlter transfer function, that
will obviously be located in £ =*. In usual apphcatlons the
interchannel interference is due to an adjacent channel with
the same frequency characteristics of the useful channel,
starting at the frequency % and of bandwidth B;. (see
Fig. 1).

In order evaluate the amount of ICI allowed by the filter,
we introduce the parameter Ps, defined as the medium lobe
in the adjacent channel with bandwidth B,

1 [3P
Po=g [ |Hp(f)ldf- (7)

2

It has been numerically verified that the value of P, does
not depend on the number of samples per symbol N, the so

called oversampling factor, but only on the roll-off parameterp

and the number of periods E,, as shown in Fig. 3 in the case
of a square-root raised cosine filter (@ = 0.5). This be-
haviour can be explained as follows: considering the digital
transfer function Hp(f), the first null is generally placed
in k = Np (see Fig. 2), that is at the frequency f = NB

Within the stopband B,, the maxima of the magnitude 51de—
lobes are placed very near to the middle point between two
null samples, that is in the points fr, = L;;OT'E‘ , N <L<
N — N — 1. The parameter P;s defined in Eq. (7) can be

approximated as
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The quantity |Hp(fr)| can be expressed as in ([2], pag.
107), obtaining

|Hp(fr)l = %
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When N > 1, as it is generally verified in practical filters,
the quantities sin(-) in Eq. (10) can be approximated with
their arguments, obtaining the expression:
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+ 3 (0 R [+ ]| 00
k=N4

sin (%)_1 9)

Substituting Eq. (11) in Eq. (8), we obtain an approximated
expression of Ps that does not depend on the number of
samples per symbol N; and that justifies the behaviour of
Fig. 3:

1 3Np—1 1 1 Ny—1 1 1
Ps 2NBZWL+Z( ) L— k+L+k
L=Npg k=1
Np—1 1 1
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where Ngo = [Ep(1 —p)] and N = [Ep(1+ p)].

As it can be seen in Fig. 3, P, shows some minimum
values for certain optimal values of E,. This situation will
repeat for every value of p, i.e given a value of p, Ps will
show a certain number of minima for some “optimal” values
of E,. This behaviour can be verified in Fig. 4, where the
values of P as a function of E, are shown for different
values of p. In this latter figure, it can be observed that the
values of P, decrease when p increases.

For a given value of o, a proper choice of the design
parameters E, and p can therefore result in a filter with
very high stopband attenuation.

In software radio applications it is important the num-
ber of filter taps is maintained as low as possible, while
still maximizing (or locally maximizing) the stopband at-
tenuation. It is also important to have simple filter design
methods, possibly completely automatic, that allow us to
select good filters without the need for interactive optimiza-
tion. For this purpose, a graph showing the values of the
values (Ep, p) in which the maxima stopband attenuations
(i.e. the minimum values of P;) are located is shown in
Fig. 5 for three different values of a (i.e. a = 0.4,0.5,0.6)
In particular, the upper curve refers to a = 0.6, the lower to
a = 0.4 and the median curve to a = 0.5. Since for a given
value of p different optimal choices for E, are possible, the
minimum “optimal” value of E, has been reported in Fig. 5,
in order to minimize the number of taps N. The values of
the minima of P, considered in Fig. 5 are all less than -
40 dB, and their value decreases as E, increases. Fig. 5 can
therefore be used as design chart: given the values of a and
Ny, the values (Ep, p) corresponding to a minimum of P
(that is a minimum of the ICI) can be directly read from the
chart (paying attention to the constraint that 2N, Ep, must
be an integer number). The designed filter will have the
minimum possible value of E,, and therefore the minimum
possible value of N for the given N;.

Note that the couple of values (E,, p) shown in Fig. 5
are “optimal” in the sense that they locally minimize the
parameter P for the selected value of «.

In order to render the design method completely auto-
matic, and therefore more suited to a software radio appli-
cation, a linear approximation of the curves of Fig. 5 can be
obtained. In particular, the values of a, p and E, in Fig. 5
are related to each other by the following approximation:

for 0 < p<0.5
for 0.0 <p<1

(13)

B — 1.945pa — 1.611p + 1.97
P71 —0.90+0.5a + 1.83



Equation (13) allows to automatically determine the op-
timal value of p when « and E, are given (this choice will
be optimal for every value of N;), or to select a possible
value for E, if p and « are given. In this second case, the
final value for E,, denoted E’p, must be chosen as

4 round(2E,Ny)
B, =0 ) 14
= (14)
where round(.) is the function rounding its argument to the
closest integer. Eq. (14) selects Ej as the value closest to Ejp
among those satisfying the constraint of having N = 2E, N,
an integer number.

6. DESIGN EXAMPLES

Example 1: In order to illustrate the design method pro-
posed in the paper we considered the specifications

a=05N=16N, =4,E, =2.

To perform the design, we added the constraint of having a
low value of peak distortion. A maximum of stopband at-
tenuaton for p = 0.6815 can be read from the design chart
of Fig. 5. The obtained value of the medium lobe in the
adjacent channel is P, = —55.2 dB and the peak distortion
is D, =2.3 x 1072,

Example 2: As a second example, we considered the spec-
ifications
a=05N,=5p=0.11

A local maximum of the stopband attenuation can be ob-
tained by choosing E, = 1.9, leading to a filter contain-
ing 19 (symmetrical) coefficients, whose transfer function is
shown in Fig. 6.

As it can be observed from Fig. 6, a minimum stopband
attenuation of 40 dB has been achieved in this design.

7. CONCLUSIONS

A simple and efficient design method for low ICI raised
cosine FIR filter pairs based on Frequency Sampling tech-
niques has been described. The proposed design method
separately controls the stopband attenuation of both the
transmitter and the receiver filters. Simple design tables for
square—root raised—cosine digital filters have been presented
(see also [17]). Moreover, optimal filters can be obtained for
every value of the raised—cosine exponent o, which can be
an important design parameter in presence of non-linear
transmission channels. A design program is available to
obtain the minimum length FIR filter able to meet fixed
specifications having N, p, E, and a as parameters. Ex-
amples have illustrated that the proposed method can be
used as an alternative to more complicated and time con-
suming FIR design techniques.
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Figure 3: Value of P; as a function of E, for p = 0.5,
a = 0.5 and N, = 10, 20, 30.

Figure 1: Spectral position of useful and adjacent channels.

Ps(dB)

Figure 4: Value of P; as a function of E, for p = 0.4,0.5,0.6
and a = 0.5.
Figure 2: Magnitude of the digital filter Hp(f).
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Figure 5: (p, Ep) design table for “optimal” square-root
raised—cosine filters. The upper curve refers to & = 0.6, the
median curve to a = 0.5 and the lower to a = 0.4.
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Figure 6: Transfer function magnitude of the square-root
raised—cosine filters described in Example 2.



