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Input Filter Design 

10.1 INTRODUCTION 

10.1.1 Conducted EMI 

It is nearly always required that a filter be added at the power input of a switching converter. By attenuat­
ing the switching harmonics that are present in the converter input current waveform, the input filter 
allows compliance with regulations that limit conducted electromagnetic interference (EMI). The input 
filter can also protect the converter and its load from transients that appear in the input voltage vgCt). 
thereby improving the system reliability. 

A simple buck converter example is illustrated in Fig. 10.1. The converter injects the pulsating 
current igCt) of Fig. lO.l(b) into the power source vg(t). The Fourier series of ig(t) contains harmonics at 
multiples of the switching frequency fs, as follows: 
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Fig. 10.1 Buck converter example: (a) circuit of power stage, (b) pulsating input current waveform. 

R. W. Erickson et al., Fundamentals of Power Electronics
© Springer Science+Business Media New York 2001



378 Input Filter Design 

(b) 

Input filter 
: ..............•••............... J 

-

0 
0 

igCt) -

L 

+ 

2 
c v R 

-
i;n(t) 

0 

Fig. 10.2 Addition of a simple L-C low-pass filter to the power input terminals of the buck converter: (a) circuit, 
(b) input current waveforms. 

(10.1) 

In practice, the magnitudes of the higher-order harmonics can also be significantly affected by the cur­
rent spike caused by diode reverse recovery, and also by the finite slopes of the switching transitions. The 
large high-frequency current harmonics of igCt) can interfere with television and radio reception, and can 
disrupt the operation of nearby electronic equipment. In consequence, regulations and standards exist 
that limit the amplitudes of the harmonic currents injected by a switching converter into its power source 
[1-8]. As an example, if the de inductor current i of Fig. 10.2 has a magnitude of several Amperes, then 
the fundamental component (n = 1) has an rms amplitude in the vicinity of one Ampere. Regulations may 
require attenuation of this current to a value typically in the range 10 p,A to 100 p,A. 

To meet limits on conducted EMI, it is necessary to add an input filter to the converter. Figure 
10.2 illustrates a simple single-section L-C low-pass filter, added to the input of the converter of Fig. 
10.1. This filter attenuates the current harmonics produced by the switching converter, and thereby 
smooths the current waveform drawn from the power source. If the filter has transfer function 
H(s) = i;,/ig, then the input current Fourier series becomes 

i;11(t) = H(O)DI + k~I ~ H(kjw) ~ 'f:t sin ( knD) cos ( kwt + LH(kjw)) (10.2) 

In other words, the amplitude of each current harmonic at angular frequency kro is attenuated by the filter 
transfer function at the harmonic frequency, II H(kjro) Jl. Typical requirements effectively limit the current 
harmonics to have amplitudes less than 100 p,A, and hence input filters are often required to attenuate the 
current amplitudes by 80 dB or more. 

To improve the reliability of the system, input filters are sometimes required to operate nor­
mally when transients or periodic disturbances are applied to the power input. Such conducted suscepti­
bility specifications force the designer to damp the input filter resonances, so that input disturbances do 
not excite excessive currents or voltages within the filter or converter. 
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Fig. 10.3 Small-signal equivalent circuit models of the buck converter: (a) basic converter model, (b) with addition 
of input filter. 

10.1.2 The Input Filter Design Problem 

The situation faced by the design engineer is typically as follows. A switching regulator has 
been designed, which meets performance specifications. The regulator was properly designed as dis­
cussed in Chapter 9, using a small-signal model of the converter power stage such as the equivalent cir­
cuit of Fig. 10.3(a). In consequence, the transient response is well damped and sufficiently fast, with 
adequate phase margin at all expected operating points. The output impedance is sufficiently small over a 
wide frequency range. The line-to-output transfer function GvgCs), or audiosusceptibility, is sufficiently 
small, so that the output voltage remains regulated in spite of variations in vgCt). 

Having developed a good design that meets the above goals regarding dynamic response, the 
problem of conducted EMI is then addressed. A low-pass filter having attenuation sufficient to meet con­
ducted EMI specifications is constructed and added to the converter input. A new problem then arises: 
the input filter changes the dynamics of the converter. The transient response is modified, and the control 
system may even become unstable. The output impedance may become large over some frequency range, 
possibly exhibiting resonances. The audiosusceptibility may be degraded. 

The problem is that the input filter affects the dynamics of the converter, often in a manner that 
degrades regulator performance. For example, when a single-section L-C input filter is added to a buck 
converter as in Fig. 10.2(a), the small-signal equivalent circuit model is modified as shown in Fig. 
10.3(b). The input filter elements affect all transfer functions of the converter, including the control-to-
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Fig. 10.4 Control-to-out­
put transfer functions pre­
dicted by the equivalent 
circuit models of Fig. 10.3. 
Dashed lines: without input 
filter [Fig. 10.3(a)]. Solid 
lines: with input filter [Fig. 
10.3(b)]. 

40dBV 
II Gvdll 

3o dBvr---1_1 a_.d_ll'""""'"· 

20dBV 

lOdBV 

L Gvd 
OdBVt---.....,..::;:, 

-------------------~ 

-lOdBV 

100Hz 1kHz 

f 

o· 

'\\ ... 

~------------------ -180" 

-360" 

output transfer function G.is), the line-to-output transfer function Gv/s), and the converter output 
impedance Zout(s). Moreover, the influence of the input filter on these transfer functions can be quite 
severe. 

As ari illustration, let's examine how the control-to-output transfer function G.is) of the buck 
converter of Fig. 10.1 is altered when a simple L-C input filter is added as in Fig. 10.2. For this example, 
the element values are chosen to be: D = 0.5, L = 100 JlH, C = 100 JlF, R = 3 Q, L1= 330 JlH, C1= 470 JlF. 
Figure 10.4 contains the Bode plot of the magnitude and phase of the control-to-output transfer function 
Gvd(s). The dashed lines are the magnitude and phase before the input filter was added, generated by 
solution of the model of Fig. 10.3(a). The complex poles of the converter output filter cause the phase to 
approach- 180" at high frequency. Usually, this is the model used to design the regulator feedback loop 
and to evaluate the phase margin (see Chapter 9). The solid lines of Fig. 10.4 show the magnitude and 
phase after addition of the input filter, generated by solution of the model of Fig. 10 .3(b ). The magnitude 
exhibits a "glitch" at the resonant frequency of the input filter, and an additional- 360" of phase shift is 
introduced into the phase. It can be shown that G.is) now contains an additional complex pole pair and 
a complex right half-plane zero pair, associated with the input filter dynamics. If the crossover frequency 
of the regulator feedback loop is near to or greater than the resonant frequency of the input filter, then the 
loop phase margin will become negative and instability will result. Such behavior is typical; conse­
quently, input filters are notorious for destabilizing switching regulator systems. 

This chapter shows how to mitigate the stability problem, by introducing damping into the input 
filter and by designing the input filter such that its output impedance is sufficiently small [9-21]. The 
result of these measures is that the effect of the input filter on the control-to-output transfer function 
becomes negligible, and hence the converter dynamics are much better behaved. Although analysis of the 
fourth-order system of Fig. 10.3(b) is potentially quite complex, the approach used here simplifies the 
problem through use of impedance inequalities involving the converter input impedance and the filter 
output impedance [9 ,10]. These inequalities are based on Middlebrook's extra element theorem of 
Appendix C. This approach allows the engineer to gain the insight needed to effectively design the input 
filter. Optimization of the damping networks of input filters, and design of multiple-section filters, is also 
discussed. 
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Fig. 10.5 Addition of an input filter to a switching voltage regulator system. 

10.2 EFFECT OF AN INPUT FILTER ON CONVERTER TRANSFER FUNCTIONS 

The control-to-output transfer function Gvd(s) is defined as follows: 

G ( ) _ v(s) I 
d s - A 

v d(s) v (s)-0 g -

(10.3) 

The control-to-output transfer functions of basic CCM converters with no input filters are listed in Sec­
tion 8.2.2. 

Addition of an input filter to a switching regulator leads to the system illustrated in Fig. 10.5. To 
determine the cont~ol-to-output transfer function in the presence of the input filter, we set vgCs) to zero 
and solve for v(s)ld(s) according to Eq. (10.3). The input filter can then be represented simply by its out­
put impedance Z0 (s) as illustrated in Fig. 10.6. Thus, the input filter can be treated as an extra element 
having impedance Z0 (s). In Appendix C, Section C.4.3, Middlebrook's extra element theorem is 
employed to determine how addition of the input filter modifies the control-to~output transfer function. It 
is found that the modified control-to-output transfer function can be expressed as follows [9]: 

(10.4) 

Converter 

Fig. 10.6 Determination of the control-to-output transfer Z0 (s) 
function Gvis) for the system of Fig. 10.5. 
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Table 10.1 Input filter design criteria for basic converters 

Converter ZJs) 

Buck 

Boost 

Buck-boost 

where 

R ( 1 +s-Jt + s 2Lc) 
D 2 ( 1 +sRC) 

Ze(s) 

sL 
Dz 

sL 

sL 
Dz 

(10.5) 

is the original control-to-output transfer function with no input filter. The quantity Zv(s) is equal to the 
converter input impedance Z;(s) under the condition that d(s) is equal to zero: 

(10.6) 

The quantity ZN(s) is equal to the converter input impedance Z;(s) under the condition that the feedback 
controller of Fig. 10.5 operates ideally; in other words, the controller varies d(s) as necessary to maintain 
v(s) equal to zero: 

ZN(s) = Z;(s) lv(s)-•0 
null 

(10.7) 

In terms of the canonical circuit model parameters described in Section 7.5, ZN(s) can be shown to be 

(10.8) 

Expressions for ZN(s) and Zv(s) for the basic buck, boost, and buck-boost converters are listed in Table 
10.1. 

10.2.1 Discussion 

Equation (10.4) relates the power stage control-to-output transfer function Gvis) to the output imped­
ance Z0 (s) of the input filter, and also to the quantities ZN(s) and Zv(s) measured at the power input port 
of the converter. The quantity Zv(s) coincides with the open-loop input impedance of the converter. 

As described above, the quantity ZN(s) is equal to the input port impedance of the converter 



(a) 

(b) 

10.2 Effect of an Input Filter on Converter Transfer Functions 383 

Closed-loop 

(i/t)) T, r····~q!tf:l.f!.~ .. r.e.s.f!!f:l!f!! .... ] 
r---~---+-, r-~--+~' 

: ........................................... : 

Quiescent 
operating 

point 

v R 

Fig. 10.7 Power input port characteristics of an ideal switching voltage regulator: (a) equivalent circuit model, 
including dependent power sink, (b) constant power characteristic of input port. 

power stage, under the conditions that d(s) is varied as necessary to null v(s) to zero. This is, in fact, the 
function performed by an ideal controller: it varies the duty cycle as necessary to maintain zero error of 
the output voltage. Therefore, ZN(s) coincides with the impedance that would be measured at the con­
verter power input terminals, if an ideal feedback loop perfectly regulated the converter output voltage. 
Of course, Eq. (10.4) is valid in general, regardless of whether a control system is present. 

Figure 10.7 illustrates the large-signal behavior of a feedback loop that perfectly regulates the 
converter output voltage. Regardless of the applied input voltage vgCt), the output voltage is maintained 
equal to the desired value V. The load power is therefore constant, and equal to Ptoad = V 2/R. In the ideal­
ized case of a lossless converter, the power flowing into the converter input terminals will also be equal to 
Ptoad• regardless of the value of v gCt). Hence, the power input terminal of the converter obeys the equation 

(10.9) 

This characteristic is illustrated in Fig. 10.7(b), and is represented in Fig. 10.7(a) by the dependent power 
sink symbol. The properties of power sources and power sinks are discussed in detail in Chapter 11. 

Figure 10.7(b) also illustrates linearization of the constant input power characteristic, about a 
quiescent operating point. The resulting line has negative slope; therefore, the incremental (small signal) 
input resistance of the ideal voltage regulator is negative. For example, increasing the voltage ( v gCt) )T, 
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causes the current ( ig(t) >r, to decrease, such that the power remains constant. This incremental resistance 
has the value [9,14]: 

R 
- Mz (10.10) 

where R is the output load resistance, and M is the conversion ratio V/Vg. For each of the converters listed 
in Table 10.1, the de asymptote of ZN(s) coincides with the negative incremental resistance given by the 
equation above. 

Practical control systems exhibit a limited bandwidth, determined by the crossover frequency fc 
of the feedback loop. Therefore, we would expect the closed-loop regulator input impedance to be 
approximately equal to ZJs) at low frequency (j < fc) where the loop gain is large and the regulator 
works well. At frequencies above the bandwidth of the regulator (j ~ fc), we expect the converter input 
impedance to follow the open-loop value Zv(s). For closed-loop conditions, it can be shown that the reg­
ulator input impedance Z;(s) is, in fact, described by the following equation: 

1 1 T(s) 1 1 --= ----- + -----
ZJs) ZN(s) 1 + T(s) Z 0 (s) 1 + T(s) 

(10.11) 

where T(s) is the controller loop gain. Thus, the regulator input impedance follows the negative resis­
tance of ZN(s) at low frequency where the magnitude of the loop gain is large [and hence T/(1 + n"' 1, 
1/(1 + n "'0], and reverts to the (positive) open-loop impedance Zv(s) at high frequency where II T II is 
small [i.e., where T/(1 + D "'0, 1/(1 + D"' 1]. 

When an undamped or lightly damped input filter is connected to the regulator input port, the 
input filter can interact with the negative resistance characteristic of ZN to form a negative resistance 
oscillator. This further explains why addition of an input filter tends to lead to instabilities. 

10.2.2 Impedance Inequalities 

Equation (10.4) reveals that addition of the input filter causes the control-to-output transfer function to be 
modified by the factor 

(1 + Z0 (S)) 
Z0 (s) 

called the correction factor. When the following inequalities are satisfied, 

II Zo II~ II ZN II· and 

IIZall ~liZ oil 

(10.12) 

(10.13) 

then the correction factor has a magnitude of approximately unity, and the input filter does not substan­
tially alter the control-to-output transfer function [9,10]. These inequalities limit the maximum allowable 
output impedance of the input filter, and constitute useful filter design criteria. One can sketch the Bode 
plots of II ZN(jw) II and II ZD(jw) II, and compare with the Bode plot of II Z0 (jffi) 11. This allows the engineer 
to gain the insight necessary to design an input filter that satisfies Eq. (10.13). 
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A similar analysis shows that the converter output impedance is not substantially affected by the 
input filter when the following inequalities are satisfied: 

II zo II« II z, II· anct 

IIZall « IIZDII 
(10.14) 

where Z0 (s) is again as given in Table 10.1. The quantity Ze(s) is equal to the converter input impedance 
Zi(s) under the conditions that the converter output is shorted: 

(10.15) 

Expressions for Z/s) for basic converters are also listed in Table 10.1. 
Similar impedance inequalities can be derived for the case of current-programmed converters 

[12,13], or converters operating in the discontinuous conduction mode. In [12], impedance inequalities 
nearly identical to the above equations were shown to guarantee that the input filter does not degrade 
transient response and stability in the current-programmed case. Feedforward of the converter input volt­
age was suggested in [16]. 

10.3 BUCK CONVERTER EXAMPLE 

Let us again consider the example of a simple buck converter with L-C input filter, as illustrated in Fig. 
10.8(a). Upon replacing the converter with its small-signal model, we obtain the equivalent circuit of Fig. 
10.8(b). Let's evaluate Eq. (10.4) for this example, to find how the input filter modifies the control-to­
output transfer function of the converter. 

10.3.1 Effect of Undamped Input Filter 

The quantities ZN(s) and Z0 (s) can be read from Table 10.1, or can be derived using Eqs. (10.6) and 
(10.7) as further described in Appendix C. The quantity Z0 (s) is given by Eq. (10.6). Upon setting d(s) to 
zero, the converter small signal model reduces to the circuit of Fig. 10.9(a). It can be seen that Z0 (s) is 
equal to the input impedance of the R-L-C filter, divided by the square of the turns ratio: 

(10.16) 

Construction of asymptotes for this impedance is treated in Section 8.4, with the results for the numerical 
values of this example given in Fig. 10.10. The load resistance dominates the impedance at low fre­
quency, leading to a de asymptote of RID2 = 12 Q. For the high-Q case shown, II Z0 (jw) II follows the 
output capacitor asymptote, reflected through the square of the effective turns ratio, at intermediate fre­
quencies. A series resonance occurs at the output filter resonant frequency f 0 , given by 

f- 1 
Jo- 2n..rLC 

(10.17) 

For the element values listed in Fig. l0.8(a), the resonant frequency is fo = 1.6 kHz. The values of the 
asymptotes at the resonant frequency f0 are given by the characteristic impedance R0 , referred to the 
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Fig. 10.8 Buck converter example: (a) converter circuit, (b) small-signal model. 
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Fig. 10.9 Determination of the quantities ZN(s) and Z0 (s) for the circuit of Fig. 10.8(b): (a) determination of 
Z0 (s), (b) determination of ZN(s). 
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Fig. 10.10 Construction of II ZN(jw) II and II Z0 (jw) II, buck converter example. 

transformer primary: 

(10.18) 

For the element values given in Fig. lO.S(a), this expression is equal to 4 .Q. The Q-factor is given by 

Q=..K.=R fi: 
R0 V L 

(10.19) 

This expression yields a numerical value of Q = 3. The value of II Z0 (jro) II at the resonant frequency 
1.6 kHz is therefore equal to (4 Q)/(3) = 1.33 Q. At high frequency, II Z0 (jro) II follows the reflected 
inductor asymptote. 

The quantity ZN(s) is given by Eq. (10.7). This impedance is equal to the converter input imped­
ance Z/s), under the conditions that d(s) is varied to maintain the output voltage v(s) at zero. Figure 
10.9(b) illustrates the derivation of an expression for ZN(s). A test current source z1eJs) is injected at the 
converter input port. The impedance ZN(s) can be viewed as the transfer function from ttesis) to v1ejs): 

Z ( ) _ o,e,,(s) I 
N S - • 

l tesls) o~o 
null 

(10.20) 

The null condition v(s) ;;;;u 0 greatly simplifies analysis of the circuit of Fig. 1 0.9(b ). Since the voltage 
v(s) is zero, the currents through the capacitor and load impedances are also zero. This further implies 
that the inductor current l(s) and transformer winding currents are zero, and hence the voltage across the 
inductor is also zero. Finally, the voltage O,(s), equal to the output voltage plus the inductor voltage, is 
zero. 

Since the currents in the windings of the transformer model are zero, the current itesis) is equal 
to the independent source current Jd(s): 

(10.21) 

Because O,(s) is equal to zero, the voltage applied to the secondary of the transformer model is equal to 
the independent source voltage- Vi(s). Upon dividing by the turns ratio D, we obtain v1esrCs): 



388 Input Filter Design 

Fig~ 10.11 Determination of the filter output impedance Z0 (s). 

(10.22) 

Insertion of Eqs. (10.21) and (10.22) into Eq. (10.20) leads to the following result: 

(10.23) 

The steady-state relationship I= DV/R has been used to simplify the above result. This equation coin­
cides with the expression listed in Table 10.1. The Bode diagram of II ZJjw) II is constructed in Fig. 
10.10; this plot coincides with the de asymptote of II Zv(jW) 11. 

Next, let us construct the Bode diagram of the filter output impedance Z0 (s). When the indepen­
dent source v gCs) is set to zero, the input filter network reduces to the circuit of Fig. 10.11. It can be seen 
that ZJs) is given by the parallel combination of the inductor L1 and the capacitor Ci 

Zo(s) = sL tii-c1 
s t 

(10.24) 

Construction of the Bode diagram of this parallel resonant circuit is discussed in Section 8.3.4. As illus­
trated in Fig. 10.12, the magnitude II Z0 (jW) II is dominated by the inductor impedance at low frequency, 
and by the capacitor impedance at high frequency. The inductor and capacitor asymptotes intersect at the 
filter resonant frequency: 

Fig. 10.12 Magnitude plot of the output 
impedance of the input filter of Fig. 10.11. 
Since the filter is not damped, the Q-factor is 
very large. 
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Fig. 10.13 Impedance design criteria II Z,/Joo) II and II Z0 Uoo) II from Fig. 10.10, with the filter output impedance 

II Z0 Uoo) II of Fig. 10.12 superimposed. The design criteria of Eq. (10.13) are not satisfied at the input filter reso­

nance. 

(10.25) 

For the given values, the input filter resonant frequency is ft = 400 Hz. This filter has characteristic 
impedance 

(10.26) 

equal to 0.84 Q. Since the input filter is undamped, its Q-factor is ideally infinite. In practice, parasitic 
elements such as inductor loss and capacitor equivalent series resistance limit the value of Qf' Nonethe­
less, the impedance II ZaCjw) II is very large in the vicinity of the filter resonant frequency ft· 

The Bode plot of the filter output impedance II Z0 (jffi) II is overlaid on the II ZJ.jw) II and 
II ZD(jw) II plots in Fig. 10.13, for the element values listed in Fig. 10.8(a). We can now determine 
whether the impedance inequalities (10.13) are satisfied. Note the design-oriented nature of Fig. 10.13: 
since analytical expressions are given for each impedance asymptote, the designer can easily adjust the 
component values to satisfy Eq. (10.13). For example, the values of L1and C1should be chosen to ensure 
that the asymptotes of II Z0 (jffi) II lie below the worst-case value of R/D2, as well as the other asymptotes 
of II ZD(jw) 11. . 

It should also be apparent that it is a bad idea to choose the input and output filter resonant fre­
quencies fo and ft to be equal, because it would then be more difficult to satisfy the inequalities of Eq. 
(10.13). Instead, the resonant frequenciesf0 and.ftshould be well separated in value. 

Since the input filter is undamped, it is impossible to satisfy the impedance inequalities (10.13) 
in the vicinity of the input filter resonant frequency ft· Regardless of the choice of element values, the 
input filter changes the control-to-output transfer function Gvis) in the vicinity of frequency ft· Figures 
10.14 and 10.15 illustrate the resulting correction factor [Eq. (10.12)] and the modified control-to-output 
transfer function [Eq. (10.4)], respectively. At frequencies well below the input filter resonant frequency, 
impedance inequalities (10.13) are well satisfied. The correction factor tends to the value l.L0°, and the 
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Fig. 10.14 Magnitude of the correction factor, Eq. (10.12), for the buck converter example of Fig. 10.8. 
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Fig. 10.15 Effect of the undamped input filter on the control-to-output transfer function of the buck converter 

example. Dashed lines: without input filter. Solid lines: with undamped input filter. 

control-to-output transfer function Gv~(s) is essentially unchanged. In the vicinity of the resonant fre­
quency if· the correction factor contains a pair of complex poles, and also a pair of right half-plane com­
plex zeroes. These cause a "glitch" in the magnitude plot of the correction factor, and they contribute 
360° of lag to the phase of the correction factor. The glitch and its phase lag can be seen in the Bode plot 
of Gvis). At high frequency, the correction factor tends to a value of approximately lL- 360°; conse­
quently, the high-frequency magnitude of Gvd is unchanged. However, when the- 360° contributed by 
the correction factor is added to the- 180° contributed at high frequency by the two poles of the original 
Gvd(s), a high-frequency phase asymptote of- 540° is obtained. If the crossover frequency of the con­
verter feedback loop is placed near to or greater than the input filter resonant frequency if. then a negative 
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phase margin is inevitable. This explains why addition of an input filter often leads to instabilities and 
oscillations in switching regulators. 

10.3.2 Damping the Input Filter 

Let's damp the resonance of the input filter, so that impedance inequalities (10.13) are satisfied at all fre­
quencies. 

One approach to damping the filter is to add resistor R1in parallel with capacitor C1as illustrated 
in Fig. 10.16(a). The output impedance of this network is identical to the parallel resonant impedance 
analyzed in Section 8.3.4. The maximum value of the output impedance occurs at the resonant frequency 
fr. and is equal in value to the resistance R1. Hence, to satisfy impedance inequalities (10.13), we should 
choose R1 to be much less than the II ZN(jw) II and II ZD(jw) II asymptotes. The condition R1 < II ZN(jw) II 
can be expressed as: 

(10.27) 

Unfortunately, this raises a new problem: the power dissipation in Rf" The de input voltage Vg is applied 
across resistor R1, and therefore R1 dissipates power equal to V~IR1 . Equation (10.27) implies that this 
power loss is greater than the load power! Therefore, the circuit of Fig. 10.16(a) is not a practical solu­
tion. 

One solution to the power loss problem is to place R1 in parallel with L1 as illustrated in Fig. 
10.16(b). The value of Rr in Fig. 10.16(b) is also chosen according to Eq. (10.27). Since the de voltage 
across inductor L1 is zero, there is now no de power loss in resistor R1. The problem with this circuit is 
that its transfer function contains a high-frequency zero. Addition of Rr degrades the slope of the high­
frequency asymptote, from- 40 dB/decade to- 20 dB/decade. The circuit of Fig. 10.16(b) is effectively 
a single-pole R-C low-pass filter, with no attenuation provided by inductor Lf" 

One practical solution is illustrated in Fig. 10.17 [10]. De blocking capacitor Cb is added in 
series with resistor Rr Since no de current can flow through resistor R1, its de power loss is eliminated. 
The value of Cb is chosen to be very large such that, at the filter resonant frequency fr. the impedance of 
the RrCb branch is dominated by resistor R1. When Cb is sufficiently large, then the output impedance of 
this network reduces to the output impedances of the filters of Fig. 10.16. The impedance asymptotes for 
the case of large Cb are illustrated in Fig. 10.17(b). 

(a) (b) Rf 

Lf c:-J 0 

0 I 
cf Rf 

C
1 T 

0 

0 

~------------------~----0 

Fig. 10.16 Two attempts to damp the input filter: (a) addition of damping resistance Rf across Cf, (b) addition ol 
damping resistance Rf in parallel with Lf" 
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(a) (b) 

CJI 
o---------------~----=r=~ __ c_b~o 

Fig. 10.17 A practical method to damping the input filter, including damping resistance Rr and de blocking 
capacitor Cb: (a) circuit, (b) output impedance asymptotes. 
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Fig. 10.18 Impedance design criteria II ZN(jw) II and II ZD(jw) II from Fig. 10.1 0, with the filter output impedance 
II Z0 (jW) II of Fig. 10.17(b) superimposed. The design criteria of Eq. (10.13) are well satisfied. 

The low-frequency asymptotes of II ZN(jw) II and II ZD(jw) II in Fig. 10.10 are equal to 
RJD2 = 12 Q. The choice Rf = 1 Q therefore satisfies impedance inequalities (10.13) very well. The 
choice Cb = 4700 p,F leads to 112nftCb = 0.084 Q, which is much smaller than Rf' The resulting magni­
tude II Z0 (jW) II is compared with II ZN(jw) II and II ZD(jw) II in Fig. 10.18. It can be seen that the chosen 
values of R1and Cb lead to adequate damping, and impedance inequalities (10.13) are now well satisfied. 

Figure 10.19 illustrates how addition of the damped input filter modifies the magnitude and 
phase of the control-to-output transfer function. There is now very little change in Gvis), and we would 
expect that the performance of the converter feedback loop is unaffected by the input filter. 

10.4 DESIGN OF A DAMPED INPUT FILTER 

As illustrated by the example of the previous section, design of an input filter requires not only that the 
filter impedance asymptotes satisfy impedance inequalities, but also that the filter be adequately damped. 
Damping of the input filter is also necessary to prevent transients and disturbances in v gCt) from exciting 
filter resonances. Other design constraints include attaining the desired filter attenuation, and minimizing 
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the size of the reactive elements. Although a large number of classical filter design techniques are well 
known, these techniques do not address the problems of limiting the maximum output impedance and 
damping filter resonances. 

The value of the blocking capacitor Cb used to damp the input filter in Section 10.3.2 is ten 
times larger than the value of Cf' and hence its size and cost are of practical concern. Optimization of an 
input filter design therefore includes minimization of the size of the elements used in the damping net­
works. 

Several practical approaches to damping the single-section L-C low-pass filter are illustrated in 
Fig. 10.20 [10,11,17]. Figure 10.20(a) contains the RrCb damping branch considered in the previous 
section. In Fig: .10.20(b), the damping resistor R1 is placed in parallel with the filter inductor L1, and a 
high-frequency blocking inductor Lb is placed in series with Rf" Inductor Lb causes the filter transfer 
function to roll off with a high-frequency slope of- 40 dB/decade. In Fig. 10.20(c), the damping resistor 
R1 is placed in series with the filter inductor L1, and the de current is bypassed by inductor Lb. In each 
case, it is desired to obtain a given amount of damping [i.e., to cause the peak value of the filter output 
impedance to be no greater than a given value that satisfies the impedance inequalities (10.13)], while 
minimizing the value of Cb or Lb. This problem can be formulated in an alternate but equivalent form: for 
a given choice of Cb or Lb, find the value of R1 that minimizes the peak output impedance [10]. The solu­
tions to this optimization problem, for the three filter networks of Fig. 21, are summarized in this section. 
In each case, the quantities R01 and.tjare defined by Eqs. (10.25) and (10.26). 

Consider the filter of Fig. 10.20(b), with fixed values of L1, c1, and Lb. Figure 10.21 contains 
Bode plots of the filter output impedance II Z0 (jw) II for several values of damping resistance Rf" For the 
limiting case R1 = oo, the circuit reduces to the original undamped filter with infinite Q1. In the limiting 
case R1= 0, the filter is also undamped, but the resonant frequency is increased because Lb becomes con­
nected in parallel with L1. Between these two extremes, there must exist an optimum value of R1 that 
causes the peak filter output impedance to be minimized. It can be shown [ 10 ,17] that all magnitude plots 
must pass through a common point, and therefore the optimum attains its peak at this point. This fact has 
been used to derive the design equations of optimally-damped L-C filter sections. 
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10.4.1 RrCb Parallel Damping 

Optimization of the filter network of Fig. 10.20(a) and Section 10.3.2 was described in [10]. The high­
frequency attenuation of this filter is not affected by the choice of Cb, and the high-frequency asymptote 
is identical to that of the original undamped filter. The sole tradeoff in design of the damping elements 
for this filter is in the size of the blocking capacitor cb vs. the damping achieved. 

For this filter, let us define the quantity n as the ratio of the blocking capacitance C b to the filter 
capacitance ci 

n= cb 
Cr 

For the optimum design, the peak filter output impedance occurs at the frequency 

The value of the peak output impedance for the optimum design is 

II II _ j 2( 2 + n) 
zo mm-ROf n 

The value of damping resistance that leads to optimum damping is described by 

( 2 + n )( 4 + 3n) 

2n2 (4+n) 

The above equations allow choice of the damping values R1and Cb. 

(10.28) 

(10.29) 

(10.30) 

(10.31) 

For example, let's redesign the damping network of Section 10.3.2, to achieve the same peak 
output impedance \1 Z0 (jW) llmm = 1 Q, while minimizing the value of the blocking capacitance C b· From 
Section 10.3.2, the other parameter values are R01 = 0.84 Q, C1= 470 JlF, and 0= 330 JlH. First, we solve 
Eq. (10.30) to find the required value of n: 

(10.32) 

Evaluation of this expression with the given numerical values leads to n = 2.5. The blocking capacitor is 
therefore required to have a value of nC1= 1200 flF. This is one-quarter of the value employed in Section 
10.3.2. The value of R1is then found by evaluation ofEq. (10.31), leading to 

( 2 + n )( 4 + 3n) 

2n2(4+n) 
=0.67 Q (10.33) 

The output impedance of this filter design is compared with the output impedances of the original 
undamped filter of Section 10.3.1, and of the suboptimal design of Section 10.3.2, in Fig. 10.22. It can be 
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Fig. 10.22 Comparison of the output impedances of the design with optimal parallel RrCb damping, the subopti­
mal design of Section 10.3.2, and the original undamped filter. 

seen that the optimally damped filter does indeed achieve the desired peak output impedance of 1 Q, at 
the slightly lower peak frequency given by Eq. (10.29) 

The RrCb parallel damping approach finds significant application in de--de converters. Since a 
series resistor is placed in series with Cb, Cb can be realized using capacitor types having substantial 
equivalent series resistance, such as electrolytic and tantalum types. However, in some applications, the 
RrLb approaches of the next subsections can lead to smaller designs. Also, the large blocking capacitor 
value may be undesirable in applications having an ac input. 

10.4.2 RrLb Parallel Damping 

Figure 10.20(b) illustrates the placement of damping resistor R1in parallel with inductor Lr Inductor Lb 
causes the filter to exhibit a two-pole attenuation characteristic at high frequency. To allow R1 to damp the 
filter, inductor Lb should have an impedance magnitude that is sufficiently smaller than R1at the filter res­
onant frequency~· Optimization of this damping network is described in [ 17]. 

With this approach, inductor Lb can be physically much smaller than Lr Since R1 is typically 
much greater than the de resistance of Lf' essentially none of the de current flows through Lb. Further­
more, R1 could be realized as the equivalent series resistance of Lb at the filter resonant frequency~· 
Hence, this is a very simple, low-cost approach to damping the input filter. 

The disadvantage of this approach is the fact that the high-frequency attenuation of the filter is 
degraded: the high-frequency asymptote of the filter transfer function is increased from llm2LF1 to 
llm2(L111Lb)Cr Furthermore, since the need for damping limits the maximum value of Lb, significant loss 
of high-frequency attenuation is unavoidable. To compensate, the value of L1 must be increased. There­
fore, a tradeoff occurs between damping and degradation of high-frequency attenuation, as illustrated in 
Fig. 10.23. For example, limiting the degradation of high-frequency attenuation to 6 dB leads to an opti­
mum peak filter output impedance II Z0 llnun of J6 times the original characteristic impedance R01. Addi­
tional damping leads to further degradation of the high-frequency attenuation. 

The optimally damped design (i.e., the choice of R1 that minimizes the peak output impedance 
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where 

n( 3 + 4n )( 1 + 2n) 

2( 1 + 4n) 

The peak filter output impedance occurs at frequency 

and has the value 

• !, fT+2Il 
Jm = f V --z;z-

" 
v 
,....... 

The attenuation of the filter high-frequency asymptote is degraded by the factor 

~-" 
1111 

v ~ z~mm 

/ 
v Rof 

--r---r-

10 

(10.34) 

(10.35) 

(10.36) 

(10.37) 

(10.38) 

So, given an undamped LrC1 filter having comer frequency ft. and characteristic impedance R01, and 

given a requirement for the maximum allowable output impedance II Z0 llmm' one can solve Eq. (10.37) 

for the required value of n. One can then determine the required numerical values of Lb and Rf" 
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10.4.3 RrLb Series Damping 

Figure 10.20(c) illustrates the placement of damping resistor R1 in series with inductor Lf" Inductor Lb 
provides a de bypass to avoid significant power dissipation in Rf" To allow R1 to damp the filter, inductor 
Lb should have an impedance magnitude that is sufficiently greater than R1 at the filter resonant fre­
quency. 

Although this circuit is theoretically equivalent to the parallel damping RrLb case of Section 
10.4.2, several differences are observed in practical designs. Both inductors must carry the full de cur­
rent, and hence both have significant size. The filter high-frequency attenuation is not affected by the 
choice of Lb, and the high-frequency asymptote is identical to that of the original undamped filter. The 
tradeoff in design of this filter does not involve high-frequency attenuation; rather, the issue is damping 
vs. bypass inductor size. 

Design equations similar to those of the previous sections can be derived for this case. The opti­
mum peak filter output impedance occurs at frequency 

2+n 
2( 1 + n) !,11 = Jj 

and has the value 

li Z II =R J2(1 +n)(2+n) 
o mm Of n 

The value of damping resistance that leads to optimum damping is described by 

2( 1 + n )( 4 + n) 
(2 + n)(4 + 3n) 

(10.39) 

(10.40) 

(10.41) 

For this case, the peak output impedance cannot be reduced below J2 ROJ via damping. None­
theless, it is possible to further reduce the filter output impedance by redesign of L1 and c1, to reduce the 
value of R0!" 

10.4.4 Cascading Filter Sections 

A cascade connection of multiple L-C filter sections can achieve a given high-frequency attenuation with 
less volume and weight than a single-section L-C filter. The increased cutoff frequency of the multiple­
section filter allows use of smaller inductance and capacitance values. Damping of each L-C section is 
usually required, which implies that damping of each section should be optimized. Unfortunately, the 
results of the previous sections are restricted to single-section filters. Interactions between cascaded L-C 
sections can lead to additional resonances and increased filter output impedance. 

It is nonetheless possible to design cascaded filter sections such that interaction between L-C 
sections is negligible. In the approach described below, the filter output impedance is approximately 
equal to the output impedance of the last section, and resonances caused by interactions between stages 
are avoided. Although the resulting filter may not be "optimal" in any sense, insight can be gained that 
allows intelligent design of multiple-section filters with economical damping of each section. 
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Fig. 10.24 Addition of a filter section at the input of an existing filter. 

Consider the addition of a filter section to the input of an existing filter, as in Fig. 10.24. Let us 
assume that the existing filter has been correctly designed to meet the output impedance design criteria of 
Eq. (10.13): under the conditions ZJs) = 0 and vgCs) = 0, II Z0 II is sufficiently small. It is desired to add a 
damped filter section that does not significantly increase II Z0 11. 

Middlebrook's extra element theorem of Appendix C can again be invoked, to express how 
addition of the filter section modifies Z0 (s): 

( 1 + z.(s) ) 
ZNl(s) 

(1D.42) 

where 

(10.43) 

is the impedance at the input port of the existing filter, with its output port short-circuited. Note that, in 
this particular case, nulling vtes/s) is the same as shorting the filter output port because the short-circuit 
current flows through the itest source. The quantity 

Zm(s) = Zil(s) I· ( )-0 
1 test 8 -

(10.44) 

is the impedance at the input port of the existing filter, with its output port open-circuited. Hence, the 
additional filter section does not significantly alter Z0 provided that 

! z. II ~II ZN1 ~ and 

!2.11 ~11 2m~ 
(10.45) 

Bode plots of the quantities Zm and Zm can be constructed either analytically or by computer simula­
tion, to obtain limits of za. When II za II satisfies Eq. (10.45), then the "correction factor" 
(1 + Z)Zm)l(l + Z)Zm) is approximately equal to 1, and the modified Z0 is approximately equal to the 
original Z0 • 

To satisfy the design criteria (10.45), it is advantageous to select the resonant frequencies of Za 
to differ from the resonant frequencies of Zm· In other words, we should stagger-tune the filter sections. 
This minimizes the interactions between filter sections, and can allow use of smaller reactive element 
values. 
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Fig. 10.25 Two-section input filter example, employing RrLb parallel damping in each section. 

10.41.5 Example: 1\vo Stage Input Filter 

As an example, let us consider the design of a two-stage filter using ~--Lb parallel damping in each sec­
tion as illustrated in Fig. 10.25 [17]. It is desired to achieve the same attenuation as the single-section fil­
ters designed in Sections 10.3.2 and 10.4.1, and to filter the input current of the same buck converter 
example of Fig. 10.8. These filters exhibit an attenuation of 80 dB at 250kHz, and satisfy the design ine­
qualities of Eq. (10.13) with the II ZN II and II ZD II impedances of Fig. 10.10. Hence, let's design the filter 
of Fig. 10.25 to attain 80 dB of attenuation at 250 kHz. 

As described in the previous section and below, it is advantageous to stagger-tune the filter sec­
tions so that interaction between filter sections is reduced. We will find that the cutoff frequency of filter 
section 1 should be chosen to be smaller than the cutoff frequency of section 2. In consequence, the 
attenuation of section 1 will be greater than that of section 2. Let us (somewhat arbitrarily) design to 
obtain 45 dB of attenuation from section 1, and 35 dB of attenuation from section 2 (so that the total is 
the specified 80 dB). Let us also select n1 = n2 = n = Lb!Lr = 0.5 for each section; as illustrated in Fig. 
10.23, this choice leads to a good compromise between damping of the filter resonance and degradation 
of high frequency filter attenuation. Equation (10.38) and Fig. 10.23 predict that the RrLb damping net­
work will degrade the high frequency attenuation by a factor of (1 + lin)= 3, or 9.5 dB. Hence, the sec­
tion 1 undamped resonant frequency Jj1 should be chosen to yield 45 dB + 9.5 dB = 54.5 dB =? 533 of 
attenuation at 250kHz. Since section 1 exhibits a two-pole(- 40 dB/decade) roll-off at high frequencies, 
Jfl should be chosen as follows: 

+ _ (250kHz) _ lO 8 kH 
Jf! - 1533 - . z (10.46) 

Note that this frequency is well above the 1.6 kHz resonant frequency j 0 of the buck converter output fil­
ter. Consequently, the output impedance II Z0 II can be as large as 3 Q, and still be well below the 
II ZN(jw) II and II ZD(jw) II plots of Fig. 10.10. 

Solution of Eq. (10.37) for the required section 1 characteristic impedance that leads to a peak 
output impedance of 3 Q with n = 0.5 leads to 
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3 Q =2.12Q J 2(0.5)( 1 + 2(0.5)) 

The filter inductance and capacitance values are therefore 

R0/1 
L 1 = -2 + = 31.2 ~-tH 

1!;11 

C1 = 2 / R = 6.9 ~-tF 
7t /1 0/1 

The section 1 damping network inductance is 

The section 1 damping resistance is found from Eq. (10.34): 

n( 3 + 4n )( 1 + 2n) = 1.9Q 
2( 1 + 4n) 

(10.47) 

(10.48) 

(10.49) 

(10.50) 

The peak output impedance will occur at the frequency given by Eq. (10.36), 15.3 kHz. The quantities 
II ZNl(jro) II and II ZDI(jro) II for filter section 1 can now be constructed analytically or plotted by computer 
simulation. II ZNl(jro) II is the section 1 input impedance Z,1 with the output of section 1 shorted, and is 
given by the parallel combination of the sL1 and the (R 1 + sn1L1) branches. II ZDI(jro) II is the section 1 
input impedance z,1 with the output of section 1 open-circuited, and is given by the series combination of 
ZNl(s) with the capacitor impedance 1/sC1• Figure 10.26 contains plots of II ZNl(jro) II and II ZDI(jro) II for 
filter section 1, generated using Spice. 

One way to approach design of filter section 2 is as follows. To avoid significantly modifying 
the overall filter output impedance Z0 , the section 2 output impedance II ZaUro) II must be sufficiently less 
than II ZNl(jro) II and II ZDI(jro) 11. It can be seen from Fig. 10.26 that, with respect to II ZDI(jro) II, this is 
most difficult to accomplish when the peak frequencies of sections I and 2 coincide. It is most difficult to 
satisfy the II ZNl(jro) II design criterion when the peak frequency of sections 2 is lower than the peak fre­
quency of section 1. Therefore, the best choice is to stagger-tune the filter sections, with the resonant fre­
quency of section l being lower than the peak frequency of section 2. This implies that section l will 
produce more high-frequency attenuation than section 2. For this reason, we have chosen to achieve 
45 dB of attenuation with section 1, and 35 dB of attenuation from section 2. 

The section 2 undamped resonant frequency fn should be chosen in the same manner used in 
Eq. (10.46) for section 1. We have chosen to select n2 = n = Lb/Lf= 0.5 for section 2; this again means 
that the RrLb damping network will degrade the high frequency attenuation by a factor of (1 + 1/n) = 3, 
or 9.5 dB. Hence, the section 2 undamped resonant frequency !12 should be chosen to yield 35 dB + 9.5 
dB = 44.5 dB :=} 169 of attenuation at 250 kHz. Since section 2 exhibits a two-pole (- 40 dB/decade) 
roll-off at high frequencies,f12 should be chosen as follows: 

J: - (250 kHz) 19.25 kHz 
f2- fi69 (10.51) 

The output impedance of section 2 will peak at the frequency 27.2 kHz, as given by Eq. (10.36). Hence, 
the peak frequencies of sections l and 2 differ by almost a factor of 2. 
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Fig. 10.26 Bode plot of ZN1 and Zm for filter section 1. Also shown is the Bode plot for the output impedance Za 
of filter section 2. 

Figure 10.26 shows that, at 27.2 kHz, II ZDI(jw) II has a magnitude of roughly 3 dBQ, and that 
II ZNl(jw) II is approximately 7 dBQ. Hence, let us design section 2 to have a peak output impedance of 
0 dBQ ==} 1 Q. Solution of Eq. (10.37) for the required section 2 characteristic impedance leads to 

The section 2 element values are therefore 

lQ =0.71Q J 2(0.5)( 1 + 2(0.5)) 

n( 3 + 4n )( 1 + 2n) 
=0.65 Q 

2( 1 + 4n) 

(10.52) 

(10.53) 

A Bode plot of the resulting Za is overlaid on Fig. 10.26. It can be seen that II Za(jw) II is less than, but 
very close to, II ZDI(jw) II between the peak frequencies of 15kHz and 27kHz. The impedance inequali­
ties (10.45) are satisfied somewhat better below 15 kHz, and are satisfied very well at high frequency. 

The resulting filter output impedance II Z0 (jW) II is plotted in Fig. 10.27, for section 1 alone and 
for the complete cascaded two-section filter. It can be seen that the peak output impedance is approxi-
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Fig. 10.27 Comparison of the impedance design criteria II Zt!Jw) II and 11 Z0 Uw) 11. Eq. (10.13), with the filter 
output impedance II Z0 UW) 11. Solid line: II Z0UW) II of cascaded design. Dashed line: II Z0 UW) II of section l alone. 

mately 10 dBQ, or roughly 3 Q. The impedance design criteria (10.13) are also shown, and it can be seen 

that the filter meets these design criteria. Note the absence of resonances in II Z0 (jW) 11. 
The effect of stage 2 on II Z0 (jW) II is very small above 40kHz [where inequalities (10.45) are 

very well satisfied], and has moderate-to-small effect at lower frequencies. It is interesting that, above 

approximately 12kHz, the addition of stage 2 actually decreases II Z0 (jW) 11. The reason for this can be 

seen from Fig. C.8 of Appendix C: when the phase difference between L.Za(jw) and LZm(jw) is not too 

large(::; 90.), then the 11(1 + Z/Zm) term decreases the magnitude of the resulting II Z0 (jW) 11. As can be 

seen from the phase plot of Fig. 10.26, this is indeed what happens. So allowing II Za(jw) II to be similar 

in magnitude to II Zm(jW) II above 12kHz was an acceptable design choice. 
The resulting filter transfer function is illustrated in Fig. 10.28. It can be seen that it does indeed 

attain the goal of 80 dB attenuation at 250 kHz. 
Figure 10.29 compares the single stage design of Section 10.4.1 to the two-stage design of this 

section. Both designs attain 80 dB attenuation at 250 kHz, and both designs meet the impedance design 

criteria of Eq. (10.13). However, the single-stage approach requires much larger filter elements. 

10.5 SUMMARY OF KEY POINTS 

1. Switching converters usually require input filters, to reduce conducted electromagnetic interference and 
possibly also to meet requirements concerning conducted susceptibility. 

2. Addition of an input filter to a converter alters the control-to-output and other transfer functions of the con­
verter. Design of the converter control system must account for the effects of the input filter. 

3. If the input filter is not damped, then it typically introduces complex poles and RHP zeroes into the con­
verter control-to-output transfer function, at the resonant frequencies of the input filter. If these resonant 
frequencies are lower than the crossover frequency of the controller loop gain, then the phase margin will 
become negative and the regulator will be unstable. 
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Fig. 10.28 Input filter transfer function, cascaded two-section design. 
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Fig. 10.29 Comparison of single-section (a) and two section (b) input filter designs. Both designs meet the design 
criteria (10.13), and both exhibit 80 dB of attenuation at 250kHz. 
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4. The input filter can be designed so that it does not significantly change the converter control-to-output and 
other transfer functions. Impedance inequalities (1 0.13) give simple design criteria that guarantee this. To 
meet these design criteria. the resonances of the input filter must be sufficiently damped. 

5. Optimization of the damping networks of single-section filters can yield significant savings in filter ele­
ment size. Equations for optimizing three different filter sections are listed. 

6. Substantial savings in filter element size can be realized via cascading filter sections. The design of nonin­
teracting cascaded filter sections can be achieved by an approach similar to the original input filter design 
method. Impedance inequalities ( 10.45) give design criteria that guarantee that interactions are not sub­

stantial. 
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PROBLEMS 

10.1 It is required to design an input filter for the fiyback converter of Fig. 10.30. The maximum allowed 
amplitude of switching harmonics of i;11(t) is 10 IJ.A rms. Calculate the required attenuation of the filter at 
the switching frequency. 

Input 
filter 

n r v=o.3 
J L_j !,=200kHz 

Fig. 10.30 Flyback converter, Problems 10.1, 10.4, 10.6, 10.8, and 10.10. 
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10.2 In the boost converter of Fig. 10.31, the input filter is designed so that the maximum amplitude of 
switching harmonics of i;11(t) is not greater than 10 IJ.A rms. Find the required attenuation of the filter at 
the switching frequency. 

10.3 Derive the expressions for ZN and ZD in Table 10.1. 
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Fig. 10.31 Boost converter, Problems 10.2, 10.5, 10.7, and 10.9. 
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10.4 The input filter for the flyback converter of Fig. 10.30 is designed using a single LrC1 section. The filter 
is damped using a resistor R1 in series with a very large blocking capacitor Cb. 

(a) Sketch a small-signal model of the flyback converter. Derive expressions for ZN(s) and Z0 (s) 
using your model. Sketch the magnitude Bode plots of ZN and Z0 , and label all salient features. 

(b) Design the input filter, i.e., select the values of Lf' c1, and R1, so that: (i) the filter attenuation at 
the switching frequency is at least 100 dB, and (ii) the magnitude of the filter output impedance 
Z0 (s) satisfies the conditions II Zjjw) II< 0.311 Z0 (jw) II, II Z0 (jW) II< 0.311 Z~w) II, for all fre­
quencies. 

(c) Use Spice simulations to verify that the filter designed in part (b) meets the specifications. 

(d) Using Spice simulations, plot the converter control-to-output magnitude and phase responses 
without the input filter, and with the filter designed in part (b). Comment on the changes intro­
duced by the filter. 

10.5 It is required to design the input filter for the boost converter of Fig. 10.31 using a single LrC1 section. 
The filter is damped using a resistor R1in series with a very large blocking capacitor Cb. 

(a) Sketch the magnitude Bode plots of ZN(s) and Z0 (s) for the boost converter, and label all salient 
features. 

(b) Design the input filter, i.e., select the values of L1, C1, and Rf, so that: (i) the filter attenuation at 
the switching frequency is at least 80 dB, and (ii) the magnitude of the filter output impedance 
Z0 (s) satisfies the conditions II Zjjw) II< 0.211 Z0 (jw) 11. II Z0 (jW) II< 0.211 ZN(jw) 11. for all fre­
quencies. 

(c) Use Spice simulations to verify that the filter designed in part (b) meets the specifications. 

(d) Using Spice simulations, plot the converter control-to-output magnitude and phase responses 
without the input filter, and with the filter designed in part (b). Comment on the changes in the 
control-to-output responses introduced by the filter. 

10.6 Repeat the filter design of Problem 10.4 using the optimum filter damping approach described in Section 
10.4.1. Find the values of L1, C1, R1, and Cb. 

10.7 Repeat the filter design of Problem 10.5 using the optimum filter damping approach of Section 10.4.1. 
Find the values of Lf' Cf' R1, and Cb. 

10.8 Repeat the filter design of Problem 10.4 using the optimum RrLb parallel damping approach described 
in Section 10.4.2. Find the values of L1, c1, R1, and Lb. 

10.9 Repeat the filter design of Problem 10.5 using the optimum RrLb parallel damping approach described 
in Section 10.4.2. Find the values of Lf' c1, R1, and Lb. 
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10.10 It is required to design the input filter for the flyback converter of Fig. 10.30 using two filter sections. 
Each filter section is damped using a resistor in series with a blocking capacitor. 

(a) Design the input filter, i.e., select values of all circuit parameters, so that (i) the filter attenuation 
at the switching frequency is at least 100 dB, and (ii) the magnitude of the filter output imped­
ance Z0 (s) satisfies the conditions II Z0 (jW) II< 0.311 ZD(jw) II, II Z0 (jW) II< 0.311 ZN(jw) II, for all 
frequencies. 

(b) Use Spice simulations to verify that the filter designed in part (a) meets the specifications. 

(c) Using Spice simulations, plot the converter control-to-output magnitude and phase responses 
without the input filter, and with the filter designed in part (b). Comment on the changes intro­
duced by the filter. 


