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Abstract —In many measurement applications, itis required 2. PROPOSED FILTER STRUCTURE
to have digital-to-analog converters (DAC). All DACs use a ] ]
reconstruction (anti-imaging) filter as the final step in¢be- 2.1. Maximally flat magnitude response

version process. Without this filter, generating a contiraso ~ The main goal of the Butterworth approximation is to ob-
amplitude signal would not be possible. This paper preserti@in a maximally flat magnitude response in the filter pass-
a new theoretical concept of a post-DAC continuous-time filband. The magnitude response of the low-pass Butterworth
ter. The proposed filter was designed so as to provide botffilier is written as follows:

constant group delay over the desired frequency band and a ho
maximally flat magnitude response. Moreover, the filter coef |Hp(jw)|* = ————- 1)
ficients were varied in the time in order to accelerate therfilt 1+ (U%)

response. Results verifying the effectiveness of the mepo
approach are presented and compared to the performance ®ffzeren is the order of the filterh is the DC gain (gain at
traditional lowpass reconstruction filter. zero frequency)y. is the 3dB limit frequency. For this class
of filters, however, its phase response is nonlinear.
Keywords: analog signal processing, post-DAC filters,

time-varying systems, group delay compensation. 2.2. Compensation of group delay variations
The phase linearity of an arbitrary filter is specified in term
1. INTRODUCTION of its group delay versus frequency. A flat group delay indi-

o ' cates that all frequency components of a given input signal

Analog circuits [1-4] are an integral part of front ends usegre delayed by the same amount. Therefore, the shape of the
in measurement systems as well as in other types of electropjayeform in the time domain is preserved.
systems such as telecommunication and signal processing sy | the group delay of a given filter has an unacceptable
tems. Although the processing of information is done effiyariation range in its passhand, its phase has to be compen-
C|ent|y using d|g|ta| circults (|t suffices to increase thenber sated. However, this must be done in such a way that the
of bits used to represent a single word in order to increase thiter's magnitude response is not altered. In order to at-
signal-to-noise ratio of a given digital signal process#y§- tain group delay equalization an allpass filter with transfe
tem, _for mstance)_, the interface with the real world haseto_ bfunction denoted a#f 4 (s) and magnitude response equal to
invariably done via analog blocks. In measurement applicgmity may be connected in cascade to the uncompensated fil-
tions, amplifiers must be used to increase the power contentgr with transfer function denoted & (s). The transfer
a given signal of interest, analog-to-digital convertetssttbe  function H(s) of the compensated filter will be given by
used to obtain a discrete representation of a signal fonéurt rr.(s) = Hp(s) - H4(s), or alternatively,
processing in a digital system and digital-to-analog canrve

ers must be used to transform a carrying-information digita ~ Hc (jw) |Hp(jw)||[Ha(jw)|el?r @ eieale)

signal into a discrete-amplitude signal. This signal may be = ‘HF(jw>|ej[4PF(w)+<PA(w)]. 2
transformed into a continuous-amplitude one by means of a . . _ o
lowpass reconstruction filter. We see that the magnitudes multiply with no contributiomrfro

h il _— hich the allpass module becaugé, (jw)| = 1, and that the phases
There are many filter approximations which may be usegdd_ Since the group delay is obtained from the negative

to implement a lowpass reconstruction filter. In any case, ”Berivative of the phase. the del andD add as
bandpass of the filter should match the expected bandwiq;vrb” P ’ a5 () Aw)

of the reconstructed signal. In this article, a new strafegy

the design of reconstruction filters for digital to analog-co Do(w) = _d[WF(w) + pa(w)]

verters is presented. This strategy is based on the usage of dw

a delay-compensated Butterworth lowpass filter with aceele __dyp(w)  dpa(w)

ated time-domain response by means of the variation of its N dw dw

parameters. = Dr(w)+ Da(w). 3)
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The total group delay)(w) in this process will increase be- where F is the value of the previously mentioned filter pa-

causeD¢ (w) is larger than eitheD r(w) andD 4 (w). rameters which has been derived from from the Butterworth
A block diagram of the compensation process is presentegproximation and the coefficient estimation of the require
in Fig. 1. allpass filter transfer function, andlis the variation range of

the functionF'(¢). The functionh(t) in (7) describes the step

|Ha(jw)| =1
f th d-ord t
+(t) [Oncompensatid:(1) Alpass | y(0) response of the second-order support syststis)
’ Filter Filter ’ 1T -
| | nt) = £7tst Hg(9)|
\Hp(jw)| . ede(w) |HA(jw)| . edo(w)
(t) [ Compensatefiy(t) = ctish : (8)
x Yy - —2 ~1
—1  Fiter [~ wor S? + 2Ppwgp s+ 1

iw)| - ed(eW)+o(w)) . .
_ [He(jw)| - et _ where£ 1 is the inverse Laplace transform, afid andwg
Fig. 1. General scheme of the group delay compensation procesgetarmine the oscillations and the variation rate of thefun
tion F'(t), respectively. A block diagram of the proposed filter

The aforementioned compensation process [2, 3] is alwaygcture is presented in Fig. 2. It is assumed that function
carried out at the cost of increasing the duration of the-tran

sient behavior of the filter. This problem will be solved with

the aid of the parameter-varying approach. Variatic(i)n rangeivg‘ri%gn rate
. ;fj fffffff ---Functions of the filter
2.3. The parameter-varying approach 1(t): Support || parameterd(t)
As it was demonstrated in [5-9], it is possible to obtain || System i‘&gi(t)7ﬁi(t), %Wop(t),ﬁp(t)
significant changes of the duration of the transient belavio "~ Hs(s)
of a lowpass filter by the variation of the filter passband. In Ancogwmensa@, AF”ilt Ss |,
the most general case, an even-order lowpass filter may be (1) y(t)

described by means of the following transfer function Hr(s) X Ha(s) }
Fig. 2. Block diagram of the proposed parameter-varying filter.

1
HFeven (8) = n/2 _9 1 (4) ..
[T (woi7s + 2Biwg;'s + 1) F(t) must settle to the original value of the parameter under

. _ variation during the expected duration of the transienabeh
whereas the transfer function of an odd-order lowpass filtgsr of the original linear time-invariant filter. This conigin

may be expressed as can be written as

1 \ Ft)-F| < o 9)
Hp,.4(s) = . (5 t>teq | <
T (@s+ DI (wors? + 285w, s + 1)

7

wheret,,, is the settling time (with assumed accuracy=

The dynamic properties of the filters described by the temsf5%) of the original filter.
functions given in expressions (4) and (5) are defined ingerm The best results in the reduction of the transient behavior o
of the damping factorg;, i = 1,2,...,n/2, the character- compensated Butterworth filters were obtained when the pa-
istic frequenciesvy;, and the time constarft (for odd filter rametersv;, 7, andwy, were varied using the same function
orders). In a similar way, the dynamic behavior of a second(¢) (and with the same variation range denotedby, while
order allpass filter having the following transfer function (3 andg, were varied according to the different functions (with
different variation ranges denoteld anddg,, respectively).
wo_stz — Zﬁ,,wgpls +1 B(t) causes a stronger damping in the initial phase of the fil-
Ha,(s) = we2s? + Qﬁpwals 1 ()  ter work as well as the suppression of undesirable overshoot
P g

in the step response, whergagt) eliminates the undershoot

is described in terms of its characteristic frequengy and from the step response.
the damping factog,

A parameter-varying filter is the result of modeling by 3. RESULTS
means of a system of ordinary differential equations with
varying coefficients the systems whose transfer functions i Parameter-varying filters are very useful when the time in-
the frequency domain are described by expressions (4) or (g)ants in which the filter parameters should be varied are
and (6) In order to speed up the filter response, the funknown beforehand. This situation appears during the trans-
tion responsible of the change of each of the filter pararseteformation process of a zeroth-order hold signal into anagal

F = {th B;, %7 Wops ﬂp} has been assumed to adopt the folsignal. In this process, the time instants in which zeratteo
lowing form: hold signal changes its level are already known, so it is pos-

sible to vary periodically the value of each of the filter coef
ficients. A simplified diagram presenting the aforementibne
process is shown in fig. 3.

F(t) = F(0) - [1—‘151%@)}, d:% @)
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Fig. 4 presents an sample original analog signal and its **
zeroth—order hold equivalent, and figs. 5-7 show the funstio
considered for the variation of the parameters of a thidkeor i )
phase—compensated Butterworth filter.
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Fig. 4. Original analog signal and its zeroth-order hold equivalent.
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‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ Fig. 8. Simulation results of the parameter-varying filter and the
% 0z 04 06 08 1 12 14 16 18 2 linear time-invariant filter used in the reconstruction of the signal
Time (<) shown in Fig. 4.
Fig. 5. Functionsv(t), wop(t), and+ (t).
It is easy to notice from fig. 8 that the introduction of time- 4. CONCLUSIONS

varying coefficients to the reconstruction filter causesifiig

cant acceleration of the filter response. The cutoff frequen In this paper, the application of the parameter-varying ap-
of the reconstruction filter was selected so as to noticdfsignproach in the design of post-DAC reconstruction filters has
icant distinction between the proposed time-varying filted been presented. By using the described filtering approach,
its constant parameter equivalent. it is possible to obtain an efficient filter that ensures a max-
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imally flat magnitude response, and at the same time provides
a constant delay over the desired frequency band. Besides,
the designed filter is considerably faster than the tradfitio
time-invariant one.
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