IDEAL INDUCTORS FOR L-C PASSIVE FILTERS
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In the design of precise LC passive filters, someblems arise due the use of non-ideal components —
dissipative capacitors and inductors. The latterrauch more important because modern capacitosemptre
neglectable losses and, in the real inductorsveryg difficult to avoid windings and/or core losse

In the case of analog multiplexers, the filtersspre their attenuation curves with rounded off eosrin the
transition region between rejection and pass baaffiscting the deepness of the resonances on tles po
(Figure 1). This occurs because the design invoteesficients that are calculated in the basis tfssless
transfer functions.

There are many suggestions in the literature toesthis problem. One method employs pre-distorted
coefficient tables that produce the required atiion characteristic, but generating a grate inmeibss in
the pass-band (Figure 2).

Another solution uses crystal resonators to gettheect slope of the curves.
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PROPOSED SOLUTION

In the design of ladder filters, there is a minimQ@nthat satisfies the practical results. In pragtitis easier
to get these Q values for the series inductors fbathe shunt ones, meaning that, if we get theeod Q
values for the series inductors, the theoreticadlidtonditions can be easily approximated.

The proposed solution is really very simple. In ¢hectron tubes era, Q multipliers were used toeiase the
Q of the inductors when those values were not nbtdé with passive components; the same procedaye m
be used here in the present case.

Let's Rp be the parallel equivalent loss resistasfdie inductor L (figure 3a). Another negativeistance —
Rp put in parallel with the first one, will restti a «* value for the total resistance in parallel wite th
inductor, eliminating its losses. The current onegative resistance flows in the opposite directibra
positive resistance, that is, it flows in the direc of that of a generator. Moreover, a negatesistance
produces energy and thus corresponds to a generator
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To compensate for the losses, a signal correspondéhe total losséss used. As Figure 4 shows, a signal
sample is amplified and returns as a feedbackeadntiuctor in such a manner that the feedback sgtipe,
with correct phase and amplitude to compensatalféhe losses.

If all inductors are so modified, the gain adjustinfor exactly compensating for the losses produdeal
inductors. In this form, the filter can be preciseescribed in terms of its lossless transfer fimmctthe
attenuation curve recovers its original shape wittsharp corners.

We must note that, although using active devidas filter continues to be passive: the local atigsi are
used only to compensate for the losses. Thusltiee i now passive with ideal components.

Amplifiers are unidirectional devices. As the maignal flow doesn’t pass through the amplifier litsthe
original filter bi-directionality is preserved. Thimay be sometimes an important point.

The same characteristic keeps the circuit relighilparticularly in multi-channel communicationss a
amplifier failures degrades only the channels clégethe curve corners, without total loss of the
communications.

This happens to systems that have the amplifireatnain signal path.

he value is really e because it is the result Rr of two resistances Rmd -Rp in parallel:
Rr=Rp x (-Rp) / [(Rp + (-Rp)] — -o
The loss compensation system itself introduces ibsvn losses that also must be compensated for.
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This method doesn’t introduce any extra insertiossland, with good amplifiers, it is possible t@idv
signal-to-noise ratio degradation. The methods pteserve the group delay of the filter. The industare

aligned separately and this makes the filter aligntwery simple.

treated.

CIRCUIT OPERATION

Figure 6: Bandass filter with a series induc
=== compensated for losses; all series inductors massc

To compensate for losses, the amplifier must badivand as to
amplitude and phase to keep the phase relatiohstvgeen input
and output. It also must present low noise to adeigradation of
the SNR and enough gain to compensate for the do$3eod
stability is also important because, without lossesl with

One topology that satisfies all those conditionghis Norton
amplifier Figure 5, that is almost an ideal amplifexcept by two
factors: is a very poor isolator because the inpyedance is
strongly dependent on the load impedance at itpubutaind its
gain is fixed, with no adjustment provision. Thefstors,

Figure 7: Attenuation curve of t
filter of Figure 6 with and withot
inductors compensation. Note
difference at the corners, roun
by the losses.

In the text:

Rp = equivalent parallel loss
resistance of the inductor

Po = amplifier output power

Pi = the power at its input

Pg = lost power on Rp

Vo = voltage on the No turns

Vi = voltage on the Ni turns

V., = amplifier output voltage

No = number of turns of the
return winding

Ni = number of turns of the
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turns; Zi = impedance seen by the Ni turns
Z, = amplifier output impedance; Q = quality factditioe inductor L

signal sample winding

Np = number of turns of the
inductor L

Zo = input impedance of the No
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f = frequency of the defined Q; A inductance / (turnfor the inductor core
M = voltage gain of the amplifier
N = load number of turns of the Norton amplifier

Figure 8: General attenuati
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A quick analysis of the circuit in Figure 5 shows:
Zi=2Z,, assuming that N =f+ M - 1

Connecting Norton circuit as in Figure 5, one has:
Z =R+ Zo

that is the load impedance of the amplifier (Rnsaajustable resistor provided to be possible josadhe
amplifier gain).
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Therefore:

Zi=R+2Zo [1]

Vo=MxVi [2]

Suppose Ni = No, that is, the auxiliary windingsdghe same number of turns (in practice 1 tuenizugh):
Vo =Vi [3]

From the resistive attenuator formed by R and Z®have:

Vo=V, xZo/(R+2Zo)orY=Vox(R+Zo)/Zo [4]

The load Zo is the result of the loads Rp and Zpamallel transferred to the No turns, that isjrtgkinto
account the turns ratio:

Zo=Rp/NpB//ZiouZo=Zix (Rp/ NP/ (Zi+ Rp/Np) [5]
With [2] in [4]:
M xVi=Vox (R + Zo)/ Zo or M x Vi x Zo =Vo X R Vo x Zo

From we take R:

R =Zo x (M x Vi - Vo) / Vo that with [3], we get:

R=Zox(M-1)orZzo=R/(M-1) [6]

With [1] in [5] we have:

Zo=Rpx (Zo +R) /[Rp + Npx (Zo + R)] [7]

With [6] in [7] we get:

R/(M-1)=RpxRxM/(M-1)orRp+NxRxM/(M-1)=RpxM

Therefore R=Rp x (M - £y (Np* x M) [8]

But, for a parallel L-R circuit, we have:

Q=Rp/(@2xixfxLorRp=2xtxfxLxQ ][9]

and L = Ng x A_ [10]

with [10] and [9] in [8], we have finally:

R=2xTxf XA xQx (M-1) /M [11]

We muse remember that this result holds for the afsa Norton amplifier with a series resistance to
compensate the losses; the expression would keretiff for another type of circuit.

Although the value of R in equation [11] gives ttieoretical null loss to the inductor, it may letd
oscillations or instabilities. A variable resist@referentially multiturn) must be used for expegirtally

getting the desired curve for the filter.
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So, equation [11] gives us an approximate valudrfor
The Norton transformer must have the coupling amweimglings the most perfect as possible to avoteffil
perturbations due stray capacitances. The numbéurng N of that transformer must be the smallest a
possible, N = 1, preferably.

PRACTICAL RESULTS

To demonstrate the real practicability of this ap@gmation, a band-pass multisection filter from &0
108kHz was built, one of its section showed in Fegl: the inductor L is that compensated for tresés.
The sample signal is got from L through a one tuimding at left, entering the Norton amplifier csisy the
dotted line and returning to the inductor throubk tight via another one turn winding. The residRa@r

adjusts the gain and C5 prevents HF oscillatiorestdansformer parasitic capacitances.

Figures 7 and 8 show the attenuation curves withwathout the losses compensation. Figure 7 beirigan

expansion of Figure 8. There is clearly a consideranprovement on both pass and attenuation baruds.
compensation is not very affected by temperaturéatians due the great thermal stability of the fdar
amplifier.

AJUSTES

For the filter alignment, we must use the formalgadure of the filter adjustment, but with the aifiga
power supply turned off (with no losses compensati@vhen all inductors are aligned, we turn onpbever
supply with the gain control resistors at their imaxm value (minimum compensation)

Observe the dips in the attenuation band and,&ch @ole, increase those dips by means of thespneling
gain controls. An increase of 10dB is reasonablesgdving the attenuation curve, one makes sone litt
readjustments to get the sought response. This beudbne with care not to overcompensate the indsict
and produce oscillations or undesirable peakseapéiss-band corners, as in Figure 9.

The method generated a patent. Unfortunately, whh coming of the digital technology, filtering by
frequency bands became much less used. Even #ue icases where the passivity and bi-directionality
important factors, they still have some tise
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3For example, some SSB generation/detection systehysthe so-called ‘third method’, or even audio filers, can use this type of
solution.



