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Design of Optimal FIR Filters for Data Transmission
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ABSTRACT

For data transmission over strictly band-limited non-ideal channels, different types of filters with
arbitrary responses are needed. In this paper, we proposed two efficient techniques for the design
of such FIR filters whose response is specified in either the time or the frequency domain, In par-
ticular, when a fractionally-spaced structure is used for the transceiver, these filters can be ef-
ficiently designed by making use of characteristics of oversampling. By using a minimum mean-
squared error criterion, we design a fractionally-spaced FIR filter whose frequency response can be
controlled without affecting the output error. With proper specification of the shape of the additive
noise signals, for example, the design results in a receiver filter that can perform compromise
equalization as well as phase splitting filtering for QAM demodulation, The second method ad-
dresses the design of an FIR filter whose desired response can be arbitrarily specified in the fre-
quency domain, For optimum design, we use an iterative optimization technique based on a
weighted least mean square algorithm. A new adaptation algorithm for updating the weighting
function is proposed for fast and stable convergence. It is shown that these two independent
methods can be efficiently combined together for more complex applications.
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I. Introduction

Data transmission over strictly band-limited non-
ideal channels requires different kinds of efficient
signal processing techniques, For example, digital
filters need to be optimally designed for applicat-
ions such as pulse shaping, matched filtering, eq-
ualization, decimation and interpolation. The de-
sign of finite-impulse response (FIR) filters has
long been subject to significant interest!!1=17] The
McClellan-Parks {MP) algorithm (Remez exch-
ange technique)!!! is one of the most widely used
algorithms, However, many algorithms including
the MP algorithm are limited to the design of lin-
ear phase FIR filters. Therefore, they cannot be
used in the applications where a complex resp-
onse with nonlinear phase is required, such as the
group delay equalizer and chirp all-pass filters, In
many cases, both the magnitude and phase re-
sponse of the desired filter need to be arbitrary.
Although some efforts have been reported to this
ends!213] they don't seem to be easily applied to
designing filters for data transmission.

Since their introduction by Lucky!8], fractional-
ly-spaced FIR (FSF) filters (equalizers) have be-
en widely used in data transmission devices such
as voiceband modems. Lucky proposed the use of
a T/2-spaced transversal equalizer with alternat-
ing fixed and adaptive tap gains, in order to simu-
Itaecously obtain spectral shaping and minimiz-
ation of intersymbol interference (ISI). Here, T
denotes the symbol interval. It has been shown
that a fractionally-spaced structure has many ad-
vantages, such as insensitivity to the choice of
sampling or timing phase, as compared to a con-
ventional T-spaced linear receiver!10],

Despite extensive research on the design of di-
gital filters and the application of FSF structures
to adaptive equalization (e.g., references in [11]),

not much attention has been given to the design
of FSF transmitter (Tx) and receiver (Rx) fil-
ters. Chevillat and Ungerboeck!'!?! considered the
design of Tx/Rx FSF filters which can achieve opt-
imum spectral concentration in the given band-
width and lead to zero ISI when cascaged. They
used an iterative projected gradient algorithm to
obtain the filter coefficients, however, they did
not include any channel distortion (i.e., no equal-
ization). Qureshil!!! discussed the use of an infi-
nite-length FSF filter to design a linear optimum
receiver,

When data is transmitted using conventional com-
bined amplitude and phase modulation the use of
an FSF passband equalizer can eliminate the need
for a Rx filter (fixed compromise equalizer) and
phase-splitter. When the channel is severely di-
spersed, however, it may still be desirable to have
a Rx filter to reduce the number of taps of the re-
quired adaptive equalizer. In particular, when other
interfering signals are present on the channel, the
use of a receiver filter is indispensable. When the
carrier frequency and/or passband is variable, for
example in a V.Fast modem!!3), implementing a
passband equalizer becomes involved because of
its dependency on the above parameters. Hence,
using an adaptive baseband equalizer is preferred
in many practical applications. In these cases, an
FSF Rx filter can replace the combined function
of the phase splitter, the matched filter and the
compromise equalizer, in a conventional T-spaced
receiver. Similarly, the use of an FSF filter can
also be applied to a Tx filter which performs com-
promuse pre-equalization in addition to spectral
shaping. Sometimes, interpolation or decimation
filtering needs to be added to the Tx or Rx filter,
respectively. We will consider the design of such
complex filters in this paper.

We assume data transmission using quadrature
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amplitude modulation (QAM) over a band-limited
linear channel with a fair amount of amplitude
and phase (or group delay) distortion. We also as-
sume that the channel may have other signals,
We first consider the design of an optimum FSF
filter in the sense that the filter when used as a
Rx filter minimizes the MSE between its output
and the desired output. At the same time, it eli-
minates the need for a phase splitter. By properly
modeling the unwanted signals as the additive
noise components which are independent of each
other, we can efficiently design such an FSF fil-
ter for a given tap size and delay constraints.

In many cases, the filter needs to strictly con-
trol the spectrum both outside and inside the
passband. To meet this kind of specification, it
may be desirable to optimize the filter coefficien-
ts in the frequency domain. For this purpose, we
devise another method based on a weighted least
mean squares (LMS) criterion. The weighted le-
ast squares optimization method is well-known
and seems practical for the design of such filters
(41-17) 1t has been shown that the weighted least
squares technique will produce an equiripple de-
sign, if a suitable weighting function is used!6!7],
However, there is no analytical method to obtain
the least squares weighting function which will
produce a minimax optimum solution. Therefore,
we will use an iterative optimization technique to
obtain a set of optimum filter coefficients. Here,
we devise a new adaptation algorithm that leads
to fast convergence and stability. Although most
of the reported weighted LMS methods are lim-
ited to the design of a filter specified with either
amplitude or phase constraint, this method can be
applied to the design of both FSF and T-spaced
FIR filters with complex constraints. Note that
this design method can be sequentially combined
to the first method for more complicated applic-
ations.

In Section 2, the linear transmission system
and channel models used for designing Tx/Rx fil-
ters are briefly described. We explain the first de-
sign technique in Section 3. As an example, the
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proposed method is applied to the design of a Rx
filter for a V.32 type of voiceband modem, Sec-
tion 4 describes the second filter design algor-
ithm. As an example, we design a decimation fil-
ter for a sigma-delta modulation (AM) A/D con-
verter, Finally, we address the combined use of
these two methods to obtain better results.

II. System modeling

Let’s consider a linear bandpass data transmis-
sion system which uses conventional QAM. A si-
mple block diagram of the transmission system is
shown in Figure 1.
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Shaping

interfering Noise
Signals «

(a) Transmitter and channel

o = Phase Matched
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Figure 1. A block diagram of linear data transmission
system

The complex sequence of discrete input data
symbols {x,} is converted into a baseband pulse
waveform p(t). The spectral shaping is perform-
ed so that the shaped signal can satisfy the Ny-
quist criterion. Then, this baseband signal is mod-
ulated using QAM, using a carrier frequency fe
Hz. An additional interpolation filter may be requ-
quired before D/A conversion. The Tx analog fr-
ont end device (FED) may further control the fre-
quency spectrum of the D/A converted signal us-
ing analog filters before transmission, For ¢ > (, the
output signal s(¢) of the Tx can be expressed as

s(t) =Re Y xnh(t —nT)e/2 5t} (1)

where T is the symbol interval of the Tx input
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and k(t) is the impulse response of the overall Tx
expressed in terms of a complex baseband equ-
ivalent form. A(#) can also be calculated using
the inverse Fourier transform

k() =FH{P(f) B f)} (2)

where P(f) and B(f) are the baseband frequen-
cy responses of the shaping pulse p(¢) and the Tx
FED, respectively.

The Tx output is delivered to the Rx FED thr-
ough a band-limited non-ideal channel. Although
many kinds of impairments including nonlinear di-
stortion exist on the channel, a simple linear ch-
annel model is assumed. That is, the channel ch-
aracteristics are specified by the amplitude dis-
tortion and the group delay (or phase), H.(f), in
the frequency domain, Other signals which can in-
terfere with the transmitted signal s(#) can also

exist on the same channel. For example, the rece-
ived signal in a V.22bis modem can interfere with
the transmitted signal, and vice versa. A separ-
ate secondary channel can also interfere with the
main channel. Assuming these interfering signals
are uncorrelated with s(2), they can be modeled as
the sum of additive noise terms like white Gaus-

sian noise, The total additive noise term g{¢) at -

time ¢ is
q(t) =w(t) +Z. ai(t) (3)

where w(¢) is the additive white Gaussian noise
(AWGN) and g;(¢) denotes the ith interference
signal term. Thus, the input signal y(¢) to the Rx
can be expressed by

y(t)=s(t) @ h(t)+ql(s), (4)

where h.(#) is the impulse response of the chan-
nel and ® denotes the convolution operator.

The received signal y(¢) is converted to digital
'samples at the rate of f; Hz after being process-
ed by the Rx FED. For ease of implementation, the

sampling frequency f; is usually set to a value wh-
ich is an integer multiple of the symbol rate f3, 7.
e., f;=MJy, where M is an integer gerater than or
equal to 1. Additional processing, for example de-
cimation filtering, may be required depending up-
on the A/D conversion scheme. Let A, (¢) be the
impulse response of the Rx FED including the A/
D converter.

Assuming that the sampling time interval Ts(=
1/fs) is normalized to 1, the output signal z(k) of
the Rx FED at time ¢t=kTs, k=0, 1, -+, can be
expressed by

2(k) =Y xiheglle—iM) + nglk). (5)

Here, hg(-) and n,(-) are the impulse responses
of the equivalent channel and noise calculated by

he(k) = (k) ® ho(k) ® hy(k) (6)
neg(k) = gq(k) ® h,(k), (7)

and h,(-) is the impulse response of the Rx FED
module,

In a conventional (7-spaced) linear receiver op-
erating at the symbol rate f», the real passband
FED output z(k) should be converted to an ana-
lytic signal before being demodulated. Then, a mat-
ched filter is used to maximize the SNR at the
symbol-rate sampling instant. For an ideal AWGN
channel, in fact, a matched Rx filter, a symbol
rate sampler with the correct sampling phase,
and a memoryless detector together make the op-
timum linear receiver. Even though these symbol
rate sampled sequences provide the sufficient st-
atistics for estimation of the transmitted sequen-
ces {x,}, the performance of the memoryless de-
coder deteriorates due to the presence of ISI on
the channel. Therefore, an additional equalizer is
required to combat the ISI before decoding.

Before demodulation, a phase splitting filter is
used to generate an analytic signal. For simplicity
of implementation, however, a simple low-pass fil-
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ter (LPF) is often used for removing the 2w, car-
rier modulation term after the demodulation pro-
cess. However, if the carrier frequency is not suf-
ficiently higher than the effective signal band-
width, it may not be easy to implement such an
LPF. When the channel causes severe distortion,
compromise equalization may be desirable before
adaptive equalization, Since the channel response
is not symmetric with respect to the carrier fre-
quency, the use of an LPF with real coefficients
may not be appropriate for compensating such a-
symmetric attenuation at the band edges. There-
fore, we consider the use of a Rx filter with com-
plex coefficients,

l. The MMSE FSF filter

By using the advantages of oversampling char-
acteristics, the combined functionality of the ph-
ase splitter, the matched filter and the compro-
mise (finite-length) equalizer in the T-spaced re-
ceiver can be realized by a single FSF filter with
complex coefficients. For efficient implementat-
ion, we assume that the tap spacing T, of an FSF
filter is restricted to Tu=ﬁ T =LT,, where . and
M are relatively prime integers, and L< M. Let c
={¢y, ¢1, cxv—1} be the coefficients of an FSF fil-
ter with a finite tap size N. Then, for the given in-
put signal z(n), the output x, of the finite-length
FSF at time t = nT (=nMT;) is
- R N1
xn=x(nM)=7Y c:z(nM—il). (8)

1

The system model for such a Rx filter design can
be simplified to an equivalent model as shown in
Figure 2.

Now, for a given tap size N, we find a set of op-
timum filter coefficients which minimize the me-
an-squared error (MSE) defined by

e(D) =€llx, p—xn |2}
Nt
=ellx, n— Y ciznM—ilL)|* (9)

i
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Figure 2. An equivalent model for the design of an
MMSE Rx filter

where & denotes the expectation operator, <D<
N—1 represents the amount of the processing de-
lay by the filter, 7.e., the main tap location, and
X», p 1S the input reference signal delayed by DT,.
By setting ‘—fgﬂ =(), for =0, 1, -, N—1, we get

1

ellotn = czlnM—iL) 12 (nM=j1)1=0 (10)

£

where * denotes the complex conjugate. Assum-
ing that the input data sequences {x,} are uncor-
related and have unity power, (i.e., e{x;x}} =20,
the optimum MMSE FSF filter coefficients can
be obtained by solving, for j=0, 1, ---, N—1,

-

)

fe0

CAS hog(mM —iL) hog(nM — L) + @aiL — jL)}

=ho(DL—jL) (11)

where ¢.(-) is the auto-correlation of the equiv-

alent noise 7,(+) given by
on(JL) =e{ne(iL) ne(ilL— FL) 1. (12)

Using matrix notation, a set of the optimum coef-
ficients is calculated by

c=R7'h, (13)
where R is an NXN covariance matrix and h is

an N-element cross correlation vector whose ele-

ments are
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r,-,-=z” heg(mM —iL) hef(nM— L) + 0, (iL—jL),

hi =he(DL~iL), (14)

for 0<7,7<N—1.

It should be noted that, since the input signal
has no spectral components in f3/2<|f|<M f3/2,
many solutions for ¢ can result in the same MSE,
This implies that there is flexibility in determin-
ing the filter response in this out-of-passband fre-
quency range without affecting the output signal or
MSE. This propoerty of a fractionally-spaced str-
ucture can be used for other additional purposes,

The phase splitting filter requires a Hilbert tr-
ansformer which may be very complicated for a
wideband signal. In practice, however, the ana-
lytic signal can be obtained from the real pass-
band signal by sufficiently attenuating the folded
image components. As seen in the above equation
(11), the attenuation characteristics of the MMSE
FSF filter outside the passband can be controlled
by the power and shape of the additive noise com-
ponents : The larger the noise power, the greater
the resulting attenuation. Therefore, the FSF fil-
ter can do the job of a phase splitter by properly
characterizing the folded image signal as an addi-
tive noise signal term which needs to be suppres-
sed. In this way, a single FSF can replace the tas-
ks which can be fulfilled by three separate proces-
sing modﬁles in the conventional receiver,

To illustrate the application of this idea, con-
sider the design of a Rx filter for a V.32 type of
voiceband modem. The trancmitter modulates the
input signal at a baud rate f, of 2400 Hz using
QAM with a carrier frequency f. of 1800 Hz. As-
sume that the received signal is sampled at the
rate f; of 7200 Hz and is filtered by the Rx FSF
filter at the same rate f,(=1/T,) of 7200 Hz, i.e.,
a T/3-spaced filter, Assume that the baseband
pulse p(¢) is generated by a square-root raised co-
sine shaping filter with a roll-off factor a=0.15
and also both the Tx and Rx FED modules do not
affect the signal passband characteristics. We mo-
del a channel in terms of the amplitude and the

group delay in the frequency domain as shown in
Figure 3. The additive noise terms are modeled
by three signal components : A separate second-
ary channel signal acting as an interfering signal,
the folded image signal used for phase splitting
and.the additive channel noise. Figure 4 depicts
the frequency spectra of these three noise terms
as well as their total equivalent noise shape. Here,
the equivalent noise signal is shown when the
power levels of the interfering signal, the channel
noise and the image signal relative to the signal
power are assumed to be -30 dB, -17 dB and -13
dB, respectively, Note that the fluctuation in the
equivalent noise spectrum is due to truncation of
the impulse response to a filter tap size.. For th-
ese given conditions, an FSF Rx filter with a tap
size of N=24 was designed. Figure 5 shows a
plot of the frequency response of the designed fil-
ter C(f) using the MMSE FSF algorithm, when
the main tap location (7.e., the output delay D) is
set to 17. The real and imaginary impulse resp-
onses of this complex filter are shown as the solid
and dotted lines in Figure 6. It can be seen that
the image signal can be suppressed by nearly 40
dB. Notice that it may be required to place the
main tap location in the second half in order to
sufficiently compensate for the given group de-
lay. The designed filter output has a total MSE
of -35.8 dB, whereas the input has the IS of -13.3
dB in addition to the channel noise,

Amplitude (dB)
Delay (msec)

1 1 0.0
o0 2.0 4.0 6.0

Freq. (KHz)

Figure 3. Frequency response of the channel H.(f)
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Amplitude (dB)

Figure 5. Frequency response of the filter C(f)

Magnitude

Amplitude (dB)

Equivalent
Noise
1
00 20 40 6.0
Freq. (KHz)

Figure 4. Equivalent noise characteristics

0.0 20 4.0 6.0
Freq. (KHz)

0.0

o 5 10 (R 20
Time (*T,,)

Figure 6. Impulse response of the filter C(f)
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Delay (msec)

IV. The spectrum control filter : A weighted LMS
filter

In practice, it is often required to explicitly con-
trol the spectrum outside the passband, including
the side lobes. The MMSE FSF filter can be de-
signed to control the leakage (attenuation) of the
signal power outside the passband by specifying
the noise shape. However, there is no predictable
relationship between the attenuation characteri-
stics and the input noise control at each frequen-

cy. Therefore, the above method may not be ef-
ficient for designing filters that guarantee the de-

sired spectrum attenuation for each frequency
range. To circumvent such an inefficiency, we
propose another filter design method. This me-
thod performs an optimization in the frequency
domain, We call this kind of a filter the spectrum
control filter.

Let H(f) be the desired frequency response of
the filter, which specifies the required minimum at-
tenuation of the filtered output outside the pass-
band as well as the desired passband characteri-
stics. Now, consider the design of a filter which
is optimal in the sense that the stopband(includ-
ing the both side lobes) attenuation is maximized,
while satisfying the minimum attenuation requir-
ement of H(f) for all frequencies. In addition, the
passband characteristics should be preserved with
minimum degradation. To get the best results, we
use an iterative algorithm based on an adaptively
weighted LMS criterion in the frequency domain,
To make the design error uniformly controlled,
the weighting factor W(f) for each frequency f
needs to be adaptively adjusted depending on the
design error for the next iteration. We devise a
new adaptation algorithm for updating the weight
factor, which can provide a stable iteration pro-
cess with fast convergence,

For a given required filter response H(f), we
first set up the design model in terms of a target
frequency response H{(f) and an admissible maxi-
mum error bound E(f). H(f) and E(f) outside
the passband can be initialized such that, if the
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difference between the response of the designed
filter and H(f) is less than the bound E(f), the
designed filter can guarantee the required attenu-
ation specified dy H (f). To give the filter design
process the maximum flexibility, the target am-
plitude response |H(f)| outside the passband is
simply set to sero (i.e., infinite attenuation). Sin-
ce the group delay (or phase) characteristics out-
side the passband do not affect the filter attenu-
ation performance, it can be set to any arbitrary
value. The maximum error bound E(f) is set to a
value equal to the amplitude of H(f). This impl-
ies that, if the response error between the design-
ed filter and the target response |H(f)! is less
than E(f) for each frequency f, the amplitude of

the designed filter will be less than |H(f)|.
On the other hand, it is desirable for the chara-

cteristics of the passband to be preserved as clo-
se as to those of the desired response. The target
response H{(f) in the passband is set to that of
H(f). The error bound is set to a value corresp-
onding to the maximum acceptable variation (or
ripple) 8h. In some cases (e.g., a raised cosine
shaping filter with a roll-off factor larger than 0.
15), the side lobe (or transition) characteristics
may need to be preserved as well. In this case, H
(f) and E(f) in the corresponding frequency ran-
ge can be specified similar to those in the pass-
band,

We can therefore initialize the design specifi-
cation in a simple way,

— H(f), fisf<sfo

H(f) = {0, otherwise, (15)
_ | oh, Lsfs ke

E(f)= { [H (), otherwise, (16}

where f. and f, are the lower and upper frequ-
ency of the effective passband. Therefore, pro-
vided that the absolute error between the newly
designed filter and H(f) is uniformly less than
the error bound, the designed filter always guar-
antees the required amplitude attenuation outside

the passband. At the same time, it preserves the
desired passband characteristics with a maximum
error Sh.

The spectrum control filter can be designed by
finding a set of the coefficients which minimize
the weighted MSE J defined by

J=jf WA IH) -2 df, (17)

where C (f) is the frequency response of the new
filter to be designed and W(f) is the weighting
function to be updated for each time. Represen-
ting C (f) in terms of its coefficients {Z;}, the we-
ighted MSE J is

=

=0

1

J=[I WD~ &e-mrite . (8)

Differentiating J with respective to ¢;, 7=0, 1,
-, N—1, and setting\\it to zero, we have

Fu ) =z Gw(i—i) (19)

where h,(-) and w(-) are the inverse discrete
Fourier transform of W(f)H(f) and W(f), re-
spectively. The optimum filte?‘\coefficients {c:}
are obtained by solving N simultaﬁeous equations
given by (19). \

In order to get a fast converging solution, the
weighting factor W{f) should be properly updat-
ed for the next iteration depending upon the de-
sign error e(f) between the designed filter and
the target : If the error e(f) at frequency f be-
comes larger, the weight W(f) should be increa-
sed for the next iteration. Let 7%(f) be the
updating factor used in the k-th iteration. For
fast convergence, we use the multiplicative, rater
than the additive form, for adapting W,. The we-
ighting factor is adjusted by

Wi+1(f) =2 ) Wil f) (20)
for the (k+1)-th iteration, A practical and simple

way can be to generate the updating factor in pro-
1233
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portion to the power of the error normalized by
the error bound. In order to prevent undesirable
conditions, we generate the updating factor

Y(f)=1+Aei(f) (21)

where A is the step size to control the adaptation
speed and 2,(f) denotes the design error normal-
ized by the error bound E(f) after the k-th iter-
ation,

|H(f)=C()I

elf)= )

(22)
Since Y(f) is always larger than 1, it is necessary
to normalize the weighting factor with respect to
its maximum weight for each time for stabile iter-
ation. It may be desirable to limit the lower bo-
und for W(f) to avoid any ill conditions. Thus,
the weighting factor for the (k-+1)-th iteration is
updated by

Wi+1( )

rnax{Wkﬂ(f)! ’ (23)

Wit (f) =
Wit1(f) =W, if Wier 1 () < Wi,

where Wss 18 the minimum weighting factor. The
iteration can be started with any arbitrary initial
value, say Wy(f)=1.0, for all f. However, to redu-
ce the number of iterations, the weighting factor
Wo(f) can be initialized by setting it equal to the
inverse of the error bound E(f). The iteration
can be terminated if the maximum error of e.(f)
is less than a desired threshold value.

This method can be easily applied to the design
of various kinds of filters with real or complex-
coefficients, including multi-rate FIR filters such
as interpolation and decimation filters. As an ap-
plication of this method, we consider the design
of a real-coefficient decimation filter for the Rx
FED, where “AM based oversampling A/D con-
verters are widely used. Many ©AM A/D con-
verters use simple comb filters for the decimation
process, where the output needs to be generated
at a sampling rate higher than at least 4 times

1234

the input signal bandwidth. If the YAM coder is
of order K, then the use of a comb filter with an
order of K-+1 would be sufficient!), The trans-
fer function of a (K+1)-th order comb filter is

1 1—2°%

At
T o)Al — (=
(:' ) (R P

)l\'+1

, (24)

where R is the decimation factor. An additional
decimation filter is required to generate the final
output at a desired sampling rate. In this case,
the decimation filter may be required to compen-
sate the passband distortion caused by the comb
filters.

Assume that the Rx FED generates the output
san’lp]es at a rate of 6 f» using a second order TA
M A/D converter and f, =3000 Hz. Consider the
design of an FIR decimation filter at a ratio of 2
to 1 to generate a T/3-spaced passband sample
which is modulated by a carrier frequency of 1800
Hz. Assuming that the signal has a 15% excess
bandwidth, the cutoff frequency of the passband
will be 3.48 KHz. When the decimation ratio R of
the third-order comb filter is 128, the attenuation
of the passband will be up to 1.6 dB. Assume also
that the decimation filter needs to have a mini-
mum of 48 dB attenuation in the image alias band
and to compensate the passband attenuation due
to comb decimation filtering. The design model
can be specified as a dotted line shown in Figure
7. Here, the transition band is a don’t care region
and is modeled by a third-order curve. Figure 7
and 8 respectively show a plot of the frequency
and impulse response of the filter designed by
using the weighted LMS algorithm, when the fil-
ter tap size is 22 and the main tap location is loc-
ated at the 11th tap. The designed filter provides
the desired passband response with a variation of
less than 0.13 dB, while havi.ng a minimum stop-
band attenuation of 48 dB. Note that, although it
is not explicitly described as in the first design
method, this method may also result in the desig-
ned filters having significantly different respon-
ses depending on the main tap location,
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Figure 7. Frequency response of the decimation filter
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Figure 8. Impulse response of the decimation filter C
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When this method is applied to design an FSF
filter requiring complex functions such as compro-
mise equalization, there may be difficulty in speci-
fying H(f) in the passband, In this case, the two
design methods presented in this paper can be
nicely combined. The first MMSE method is ap-
plied to obtain a filter with a desirable passband
characteristics. Then, the second weighting LMS
method is applied to provide sufficient attenuat-
ion outside the passband, while retaining the pass-
band characteristics obtained by the first meth-
od. )

For example, consider the design of a Tx shap-

ing filter. In some applications, a Tx filter may be
desirable not only to control the stopband attenu-
ation, but also to pre-compensate the presumed
channel distortion. To design such a Tx filter, it
is generally necessary to simultaneously optimize
for the both constraints. This method, however,
may not be practical, because there may not exist
a solution satisfying the given constraints and the
calculation may become extremely complicated.
Instead, we sequentially apply the above two me-
thods for the design of such an FSF Tx filter in a
sub-optimum sense,

Assume that the frequency response of the pass-
band filter C(f) designed by the former MMSE me-
thod is given in Figure 9, where the required out-
of-band spectrum control R(f) is depicted by a
dotted line., To obtain a filter satisfying this spe-
ctral attenuation outside the passband, the spec-
trum control filter is designed based on C(f).
The desired response H(f) is set equal to C(f)
in the passband and R(f) outside the passband.
Then, the target response H(f) and the error
bound E(f) are specified according to (15) and
(16), respectively, When 6k is set to 0,15 dB, the
amplitude response of the new filter € (f) desi-
gned using the second method is shown as a solid
line in Figure 10, where R(f) is replotted for ver-
ification. Note that the desired attenuation char-
acteristics of the filter ¢ (f) can be obtained by

v 10

Amplitude (dB)
Delay (msec)

d 0.0
00 20 40 60

Freq. (KHz)

Figure 9. Specification for desired spectrum control
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Figure 11. Impulse response of the filter €{f)

sacrificing a fraction of a dB in the output MSE.
The impulse response of new filter € (f) is depi-
cted in Figure 11. This example illustrates that a
combination of the two methods can be nicely ap-
plied to a filter design with complicated constraints,

V. Conclusion

Data transmission systems require many differ-
ent kinds of digital FIR filters with complex re-
sponses, We have proposed two general-purpose
design techniques for the design of such filters.
The first method can be applied to design an FSF

1236

filter requiring a complex frequency response,
The second method uses a weighted least squares
technique to design an FIR filter whose response
is explicitly specified in the frequency domain,
We have devised a new fast adaptation algorithm
for updating the weighting function. The propo-
sed methods result in a significant saving in the
filter tap size compared to conventiona] methods.
It has been shown that the two methods can be
effectively combined for better design results.
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