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Abstract—In this paper we consider the nonlinear mixing Iyl .
products that arise and cause distortion in weakly nonlinear /
bandpass filters that might be used in a radio receiver [1], [2]. /
Volterra series analysis is applied to aG,,—C filter with weak 44\ """""" 4\ /\ /T
cubic nonlinearities in the transconductance amplifiers so that ; — :
explicit formulae for the amplitudes of the mixing products can
be derived and an architecture for the reduction of distortion (a) (b) (c)
proposed. The analysis is used to aid in the characterization of
distortion in practice, both in SPICE simulation and laboratory

work. It is believed that this is the first time that measurements
of the phaseof Volterra transfer functions in the laboratory have

been published in the IEEE TransacTioNs oN CIRCUITS AND SYSTEMS. signals that overlap the spectrum of the desired signal, thereby
Index Terms—Bandpass filters, harmonic distortion, volterra  distorting it and rendering it unrecoverable.
series. This paper examines how distortion is affected by the weak
nonlinearities that are present in typical on-chip bandpass fil-
ters. It is organized as follows. Section Il defines and classifies
} __various types of distortion that occur in radios. Section Ill
F”—TER_S_ are key components of a radio, often dominatingroduces Volterra series, explains why they are useful for
selectivity and dynamic range. With the advent of cellulatharacterizing distortion, and applies them for this purpose to
telephony, there has been a strong push to move filters on-chigajanceds,,—C bandpass filter. Section IV builds on this to
thereby reducing size and cost while improving flexibility. Aypqy why a bank of filters with feedback can reduce distortion
superheterodyne radio uses filters at every stage—radio fieijer certain conditions. Section V discusses a measurement
quency (RF), intermediate frequency (IF), and baseband—ag@hnique for finding distortion from the transient analysis
so needs many types. . _ of a circuit in SPICE, thereby confirming the calculated
Currently there exist several different architectures of opagyits presented in the previous sections. Section VI applies
chip fll.ters, ea_ch Wlth their own qdvantages anq fjlsadvantagﬁ:]% technique to an actuak,,—C filter in the laboratory,
On-chip passive filters have quite poor selectivity because §mqnstrating its practical viability. Lastly, Section VIl draws
the low @ of on-chip inductors; this can be improved by active ,ncjusions about the work presented here.
techniques [3], [4] at the expense of linearity. Their usépul
is only for frequencies above 1 GHz [5], and thus passive
filters contribute mostly to the RF stage. Active-RC filters are Il. DISTORTION

quite slow and useful only at baseband or a low IF, while |n this paper we shall defirdistortionas the degradation of
switched-C filters can be pushed to an IF of a few MHz [6}he desired signal due to nonlinearity. We classify distortion
Transconductance-@+,,—C) filters are faster (up to 400 MHZ into three types, illustrated in Fig. 1. In Fig. 1(a), the gain
and beyond [7]), but have poor linearity when designed f@ a particular frequency does not remain constant as the
high speed and low power. input amplitude is increased; it eventually decreases, and this
Indeed, linearity is vital in the design of a radio receiveg called gain compressianin Fig. 1(b), it is shown that
because it may have to select a signal that is very closejjigreasing the amplitude of an interferer can reduce the gain at
frequency to much stronger interferers. For example, an AMRS desired signal frequency. This is called tesensitization
base station can have interferers 80 dB larger than the desiggéhe desired signal by the interferer. Lastly, Fig. 1(c) shows
signal separated by only 60 kHz at a carrier of nearly 9Qfat two interferers intermodulate to produce intermodulation
MHz [8]. The presence of even a weak nonlinearity can cauggoducts (the dashed arrows) at the output of a nonlinear
the nonlinear mixing products of the interferers to producgstem. If the desired signal overlaps an intermodulation

oduct, it will be degraded. The three types of distortion,
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behavior is more complicated to analyze [9]. This paper treats ——
signals as sinusoids for simplicity, but the general results still":C +i + Of
. i 1
apply to modulated signals. 5 i o_
L
[1l. M ODELING NONLINEARITY TO CALCULATE DISTORTION 2C, IR, 2c
= = 2
L I
A. Memoryless Systems + Tl + 7 T ot
For memoryless systems, a Taylor series is often sufficient _1_ 2 o2
to characterize the input—output behavior. Consider the case = -
of an amplifier with inputz and outputy. The equation I L 2lc
2¢, 3R 2
Yy =a1x + CL3$3 (1) I =

is usually an adequate model for the input—output behavior
because, by design, the nonlinearities are small and so highigr2. A bandpass biquadrat@,,—C filter.
order terms may be neglected. As well, a balanced design has

odd symmetry, and thus the?* term can be neglected. The . - - . I
input third-order intercept pointlIPs [10] is defined as the [IP3 is sufficient for characterizing nonlinearity in an am-

point where the linear and cubic terms are equal, i.e., wh Iéf'er’ orin-a f|It'er with an input tone- that IS in-band.
3 owever, we are interested in the effect of possibly out-of-

= , or A i i ’ i
e s band interfering tones on the in-band tone in a filter. Thus, a
r=1Ps = |2 2) different approach will be required.
a3

Amplifiers are designed to operate with signal levels wef, Systems with Memory
below IIPs.

We can express the distortion terms defined in SectionA&
mathematically for such an amplifier as follows. Suppose tr]agr
input contains a desired signal @} and an interferer at;:

For the design of highly-selective active filters, we are
customed to Laplace techniques. These, however, only work
linear systems, and real filters contain weak nonlinear-
ities—for example, transistors have nonlineaw charac-
x =V exp(jwot) + Vo exp(—jwot) teristics and parasitics that drive the filtering components
Vi exp(jwit) + Vi exp(—jwit). 3) and are t_h_emselves filtered. Systems Wlth memory and Wgak
nonlinearities are amenable to analysis using \olterra series
The output is found from putting (3) in (1). Along with the[11], [12]. Confronted with a nonlinear system, perhaps most
desired linear gain term afy, there will be output terms designers would opt for harmonic balance techniques to aid
them. We shall contrast harmonic balance and Volterra series
shortly.
at frequencies A \olterra series is an infinite sum of-fold convolution
integrals [13]

Y= 3a3V(2)V0 exp(jwot) +3a3VoVi V1 exp(jwot) +--- (4)

wo =wo + (wo — wo)

wo :wo—i—(wl —wl). (5)

o0 1 [=9] [=9]
. _ t) = — dty - [ R
From (5), we see that the first term of (4) is due to compres- v(®) nz::l n! /_Oo ! /_Oo gnlta )
sion, whereby the nonlinearity causes the signal to “fold back n
on” (i.e., distort) itself, and the second term of (4) is due to X H x(t —t,)
desensitization, where the interferer interacts with the desired =1
signal and produces an overlapping (i.e., distorting) tone. o0
Similarly, when the input contains two interferers.atand Rt /_Oo dt1g1(t1)a(t — 1)
w2 1 oo o0
_ + = dt dtaga(te, t
z =V1 exp(jwit) + V1 exp(—jwit) 2 ) o s 202(t1, £2)
+ Vo exp(jwat) + Vo exp(—jwat) (6) X z(t —t1)x(t — t2)
1 o> o> o>
the output will contain a term like + dt, dts / dtzgs(ti, t2, t3)
y = 3a3V1V3 exp(jwot) + - - (7) X x(t — t))a(t — t2)w(t — t3)
at frequency +oo ()
= —wy). 8
wo = w2 + (wp — 1) ® with the g,, (1, - - -, t,), denoted thé/olterra kernels serving

If the desired signal is at frequenagy; in (8), intermodulation to characterize the various orders of nonlinearity. Equation
distortion results. (9) can be transformed into the frequency domain using the



CHERRY AND SNELGROVE: DISTORTION IN BANDPASS FILTERS

525

TABLE |
VOLTERRA COEFFICIENTS FORBANDPASS BIQUAD

Term Coeflicient for general n
R N
9miI+€i-’L‘3 9612:: Zz;;
0, otherwise

S / i) oMY

3 3

3
59%;;32[ ydt]?[ / Bt 39_335_12 3 (Z - Zf%;gu:jwi) (Zﬂf;;)

(v;3,m)

39m2515%/ /'3 2 3gm2€1€§
_— di ~di S
2 o frrar | 2

(v3,n)

M, MP M
(Z'M m) (Z’Nm “‘M—M—)

e JWi Dy, Wi

3 3

1€y, [ 3513 €163
dt

Cc3 [/y ] c3

3IMP M MY

1
2 2w Doy JWi D, Jwi 3, Juwi

R CERD)

n-fold Fourier transform

7u}n):\/ dU/l/

X e—jwlul . e—jwnun

Gn(wlv o ’ tn)

(10)

dungn(tl7 -

leading to

Y(w) = % G (@)X ()

+ % h dw1 Ga (w1, w — wi)

x X(wl_)O;((w —wy)

+ % O:o dwy dwoGs(w1, we, w — w1 — wo)

X X(w1) X (w2)X (w —wy — w2)

e a1)
where the (complex,, (w1, - -, w, ) are denoted theolterra

transfer functionsHere it is assumed thg, (¢;, - -
Gn(wlv o

can always be made symmetric [12].

Expanding (12) for a few different values (#k — n) leads to

y(t) = {V?% Ga(wo, —wo) + - - }

PR V3
+ e"“ot[go G1(wo) + 1—g G3(wo, wo, —wo) + - - }
o [ V2
+ 6‘12“'0t|:§0 GQ(CUO, wO) + .. :|
+6]3w0tV_gG( )+ + ..
48 3(Wo, Wo, Wo

PR V3

+ e"‘“ot[EOGl(—wo)-i-l—gGg(—wo, —wo, wo)+- }

+6—j2w0t V_(QJG(_ _
g 2 wo, —wo) + -+

+e—j3wot VgG(_ _ _ )_|_ + ...
48 3 wo, wo, wo .
(13)

Thus the magnitude and phase at each frequency can be

. . ’t’}) and_ found from an infinite sum of Volterra transfer functions
-, wy) aresymmetricwhich means permuting their

arguments does not change their values. Unsymmetric ker

with the proper frequency arguments. Just as with Taylor
Ties, Volterra series work best when the nonlinearities are
weak—that is, when the terms inside the square brackets in

\éVhen the Sftekm equatlonj are kf”OVfV”' ther(—:éemsthmethcegg) diminish rapidly with increasing order. Unfortunately,
to determine the kernels, and transfer functionsr,. These a priori analytic determination of “weakness” is likely im-

are outlined in Appendix A. Even when the system equatio'ﬂ)?actical on a real problem; usually, one must fifig and

arelanngg, we ca\r/1 s'gllvrzle(;ermm@n fnurr:jen;}:ally a5 evaluate them numerically to determine if they vanish for
explained in Sections V and VI. Once, are found, the output | rge n. The formulae become less reliable as nonlinearity

?pecwm lm‘.iy be expressid in terms of theT' For e>k<]am Bts stronger, though quantifying how much less reliable is
or a single input tonex(t) = Vo cos(wot), wo = 27fo, the  gigtic it Nonetheless, it is fairly safe to say that \Volterra series
output spectrum Is work anywhere a Taylor series would.

N 2k o] For an inputz(t) = Vy cos(wot) + V1 cos(w;t) with two
— Yo CXPU\Lk — 1)Wo tones, the term at frequenéywy +Mwy, N, M > 0 is given
y(t) ; < 5 ) kzzo Hin =) G n—i(wo) o 0 1 >

(12)

where Gy, ,_x(wo) denotesG, (wy, - -, wy,) with the firstk (V4 DUM + k)Ik!

of thew; equal to+wy and the remaining — k£ equal to—wy.

=0 k=0

X GN 41, t,M+k, k(wo, w1) (14)
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where Gy i i;m+4, k(wo, w1) 1S Gr(wr, -+, wy) With in (15), eliminatingv,, and writingv; = x andv; = y leads to
N4+2+M+2k=n C @ v Im19m2 / dt
‘i TR )Y
the first N + [ of w; equal to+wy, the next! of w; equal to R €20m1 3 gt
—wo, the nextM + k of w; equal to+wy, and the last: of w; = Imil T Cy Y
equal to—w;. These output spectra, along with several others o B 33 3
for different types of inputs, can be found in [13]. - % U ydt:| — % [/ > dt}
2 2
. 2 .
C. Distortion in a Band Pass Biquad _ 36122?:93712 U ydt} U y?’dt}
Consider the simpleZ,,—C filter shown in Fig. 2. The 2 )
active devices are transconductance amplifiers (TA’s) that turn 3e163gma [ [ d "3
the voltage difference at their input terminals into a current at s
the output, i.e.i = f(vy — v_). The time-domain system
equations are The equation is rather complicated, but the Volterra transfer
functions fromz to y [which we shall labelM,, (wy, -- -, wy,)]
dvy 1 vy can still be derived. The calculation for genenails shown in
o oy | R, T+ L) Appendix B.
dvy 1 Using the results summarized in Table I, we could write
Praken f2(=v1)- (15)  explicit formulae for allM,,; let us do so fotV/; andAZ; only.

Forn = 1, only the first two rows of the table are nonzero:

If we assume the TA's are linear, thén= g, (vy — v_) 1 GmiGm
whereg,, is the transconductance. Substituting in (15), taking Cijwr + — + 2222 | My (w1) = G (21)
. . Rl ngwl
Laplace transforms, and solving gives
Solving for M7, identifying jw; with s, and rearranging gives

Imi
S .

n_ &} (16) far
Vi s2 1 1 s+ Im19m2 Ml(wl) — i Cy (22)

Ry C1Cy s2 + s+ Im19m2

—Gmidm2 R Gy C1C

£} - C1Cy (17) which is the same as (16). This is the expected result: the
Vi g + 1 s 4 Imidm2 Volterra transfer functio/; is the same as the linear transfer

B Gy 10y function obtained by standard techniques. For= 2, the

u({,geﬁicients of the right-hand side (RHS) terms of (20) are
Zero; a simple proof by induction showld,, = 0 for all even
n. Forn = 3, the first four rows of the table are nonzero:

wo = 1/%7 Ao = gmil1, @ = woC1 Ry (18) 1
1“2 Clew Im19m2

v1 andwo Will be recognized as bandpass and low-pass outp
respectively. The important parameters in (16) are

i + R + Ms(wi, wa, w3)
wherewy is the center frequency, is the gain atwy, and 3 L G iji
Q is the quality factor. €20m1 é)
Let us now assume a weak cubic nonlinearity in the dc =66 — ——=—— M;" (w1, w2, w3)
transfer curve of the TA’s, and that the transfer curve does Cz iji
not change significantly at the frequencies at which the filter 3 3 |
operates: _ Gma N 3Mu(w) M (w2) M (ws) (23)
C3 ~nN  (jwi)(jw2)(jws)
i = gm(vy —v_) + vy —vo)> (19)

Expanding the second term on the RHS and notWg= 1
Assuming a weak nonlinearity is justified because, by desigh, the third term leads to the results shown in (24), shown
the TA's will be close to linear; furthermore, no second-ordedt the bottom of the next page. It can be sep depends
term will be present since the circuit is balanced. Lastly, tH# Mi. M5, were we to write it out, would depend on both
frequency-independent assumption is reasonable because isand Mi; M7 on M;, M3, and M1, and so on. The rapid
unlikely a practical TA would be operated at frequencies clogcrease of complexity in writing analytic formulas fof,, as

to the switching frequency of the transistors. Substituting (18)increases suggests numerical computer evaluation is the best
approach; the recursive nature/df, means such an evaluation

10ne reviewer quite rightly mourned the complexity of the notatio iffi i i
s not difficult to program. For weak-enough nonlinearity, an
introduced thus far. Regrettably, the authors find that this seems to be rt‘ﬁe prog 9 Y

norm: a survey of papers that use Volterra series will reveal many differir%ssqmpt'on we Sha” make, the terms abdwg contribute
notations, all exhibiting considerable complexity. negligibly to the final result.
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Why go to the trouble of calculating the Volterra transfer Filter gain
functions? Suppose the input igt) = Z?:o Vi cos(w;t) 20 '
where wq is the desired tone and; = wg — Aw and
wo = wo— 2Aw are interferers. Then, from (14), the following 15}

output terms at will appear at frequeneyp(jwot):

—_
o

Linear gain: % My (wo)

. V3
Compression: —2 Ms(wo, wo, —wo)

Magnitude (dB)
2]

16
R A &1 OF
Desensitization: ——L Ms(wp, w1, —wi), Q=20 S
Vo2 =50 ---- Q=50 Ty
S 2 Ms(wo, w2, —w2) ~-- Q=100
. 2V, -19 : - :
Intermodulation: Ms(wy, wi, —wa).  (25) 90 95 100 105 110

Frequency (MHz)

. @)
The Volterra transfer functions are useful because they enable

us to write analytic expressions for the linear gain and different Distortion vs. Q
types of distortion at the output. Their true power is illustrated ' ‘
in the two examples below.

Suppose we wish to know how changing teof the filter
affects the distortion. Witkug and Ag arbitrarily fixed at 100
MHz and 20 dB, Fig. 3(a) plotd/; against frequency for
three different values of). Thanks to (25), it is now trivial to
plot Fig. 3(b), which showss; desensitization an@w;, w2)
intermodulation versu®. From (18),Q is increased by raising
Ry while lowering g,,,; simultaneously to keeply constant.
We have assumed a70 dBm desired tone aby and two
—50 dBm interferers atv; = 0.98wg and w, = 0.96wy and
[IP; = 0 dBm for each TA. In this paper, units of dBm are
specified assuming a H0Q-resistance.

Magnitude (dBm)

@, desensitization

Tt o, 0, intermodulation

—200 . .
The exact shape of the curves is rather complicated to 10° 10" ‘102 16° 10°
explain, and perhaps somewhat counterintuitive. However, it Filter Q
helps to note that for fixed; # wo, M; in (22) is constant (b)

for low @ but starts falling at 6 dB/oct a3 gets large enough. Fig. 3. (a) Effect of@ on A, and (b) distortion as a function @.
The denominator ofi/3 in (24) can be shown to be inversely
proportional to(}; meanwhile, the numerator has the produaonstraints (such as the finite bandwidth of the actual radio
of threeM; terms in it. For low, therefore M5 rises because input, or limited accuracy in &-tuning circuit) may make
the M in its numerator are constant and its denominator falleis point unreachable.
with . Then, as@ increases, thé{; in its numerator start  Lastly, we can easily show how interferer proximity affects
to fall, which makesiM3 decrease. Finally}/; can be seen distortion at the desired frequency. Define ttteannel sepa-
to flatten out for very large). Essentially, we may think of ration as1 — Aw/wo where Aw is the frequency separation
the interfering tones as moving “out of band” @sincreases between the desired signal and the closest interferer. Fig. 4
since the filter gain at the frequency of the interfering tongsots distortion against channel separation for the same con-
drops with@ if Ay is held constant. ditions as in the previous example and a fi€grof 100. Not

The shape of the intermodulation curve suggests that fosarprisingly, moving the interferers closer worsens distortion;
given set of conditions, there is an optimughat which to using Volterra transfer functions enables us to quantify the
operate (which, in this case, (@ ~ 1000). However, other worsening.

3
€29m1 €19m2

02 ijz CS’Hsz
M3(w17 w2, CU3) = 1 2 2

. gm19m2
CL Y jwit o + o
3 R oo E Jwi
3

66i - 6M1((4}1)M1 (wg)Ml(wg)

(24)
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Distortion vs. channel separation H, .
-50 . e A R
7 iR ACN
—-60f 7 K M,
’,/ , R ('002
—70t ’ % ®
€ x(t) /\ M, 2 (s 2’\ y(®
3 \ U " N N
= 80} ! WOy N
-g \‘ Y3 (t) 1
2 ' M, ;
‘e —90f " . '
o i
[o] ’
= J
-100} ;
I . @(f) o
—-110} L T ey desensitization N p \\ P
L7 ---- o, ®, intermodulation Sel B -
. ~ G
-1 205 0 5 n
Channel separation (%) Fig. 5. A filter bank with desirable distortion properties.

Fig. 4. Distortion as a function of interferer proximity to desired signal. Magnitude response

10 T . .
— Filter bank

---- High-Q biquad

As noted, \olterra series’ main advantage is that they
give approximate analytical design formulae. Harmonic of
balance techniques [18], by contrast, are numerical.
However, their principal virtues are that they work even
when nonlinearitiesare not weak, and that the number of
harmonics can be prescribed.

IV. LOWERING DISTORTION USING A BANK OF FILTERS

The curves of Fig. 3(b) suggest that it is desirable to notch
out the interferers as soon as possible so they cannot excite -40f __-- S ]
Ms3. A typical biquad notch filter does not do this, since the
notch is only for one amplifier and the others are still drivenby  _s - , .
interferers. Cascade and ladder structures will exhibit similar 0 % Freque1n(():())l (MHz) 100 e
problems, at least up to the stage that includes the notch for
a given interferer. Fig. 6. Transfer functions for competing architectures.

The filter bank in Fig. 5 [14], though, has the property
we want: It consists of a number of infinitg-resonators,

each tuned to a different frequency, with feedback. The linear

TABLE I
FILTER BANK DISTORTION IMPROVEMENT OVER SINGLE BIQUADS

. Filter bank win over | Filter bank win over
transfer function fromX(s) to E(s) has notches at the  Tyiq order term low-Q biquad high-Q biquad
resonator frequencies becausés) is followed by an infinite- (dB) (dB)
gain block at those frequencies. Straight linear analysis of the Compression 99.7 119.7
filter bank shows that each resonator has an output w1 desensitization 4.7 56.9

wq desensitization 9.1 -3.8
Y (S) M; (3) (S) (26) Intermodulation 25.8 17.3
g .
1+ (D Z le

If one resonator is tuned to the deswed signal and the othdRe notches in the filter bank have finite depth because in a real
to interferers, then the interferers are nulkecdhe inputof the Circuit @ # oo; this places a practical limit on the distortion

biquads because improvement we can expect. The interferers in Fig. 6 are
assumed to fall in the notches of the filter bank,at= 0.98wq
E(s) = X(S) (27)  andw, = 0.96wy, and the linear gain of all architectures is
1+(I) ZMZI Ay = 0 dB atwy.

and anl;; term goes to infinity at each frequency. Hence, Table Il shows the improvement in distortion offered by the
the relevant third-order distortion term should be nulled. filter bank. These numbers are independent of the assumed
To go about verifying this, the Volterra transfer functionsalue of IIP; in the TA’s. The filter bank is at least as good

for the filter bank are derived in Appendix C. Let us comparas either biquad, and most importantly, it performs better in
distortion in the filter bank and two competing biquads whogske crucial area of intermodulation distortion where, as stated
linear transfer functions are depicted in Fig. 6. The lQw- earlier, the presence of large adjacent-channel interferers can
biguad has similar pass band performance to the filter bagéverely tax the ability of a radio receiver to demodulate a
while the high€) biquad has similar stop band performancaveak desired signal.
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Filter bank performance signal; at a second IF of 70 MHz, however, the filter bank
60 ' T - ' becomes more reasonable because the interferers become 0.6%
—— Bank vs. high-Q biquad away. Similarly, in DECT, which has a channel spacing of 1.7
& a0l -~~~ Bankvs. low—Q biquad | MHz, the interferers are 0.1% away at the RF of 1.9 GHz, but
A 0.9% away at an IF of 200 MHz. Thus, filter bank seems
= suited more to IF rather than RF filtering. Although this paper
§ 20} assumes signals that are single tones, the filter bank should
e work with modulated signals as long as they are relatively
E narrow band.
x  0OF
§ V. MEASURING DISTORTION FROM SIMULATIONS
%_20_ Usually, one would think to use a simulator that performs
harmonic balance to extract distortion terms, both because
working directly in the frequency domain is faster than work-
-go =T o 0 25 20 20 ing in the time domain, and because it will work even in

Gain at desired tone (dB) circuits with strong nonlinearity. The technique illustrated in
this section still merits attention because it can be adapted to
work on real circuits in the laboratory. We derive formulae

Filter bank performance and illustrate their_ application to _SP!CE tra_nsient simulation
50 here, and carry this over to real life in Section VI.

Fig. 7. Intermodulation distortion improvement as a function4ef.

A. Formula Derivation

o 40; 2 Until now, we have supposed the system equations are
g known, and that therefore th&f,, can be derived and the
L distortion components distinguished as in (25). We shall now
Al p | show that it is possible to distinguish overlapping distortion
. S components from simulation and measurement, that is, even
. | when the system equations are unknown or are too complex
~ov to apply analytical Volterra series analysis.

Consider the case where there is a single tone;@abf
amplitudeVp; into a weakly nonlinear system. From (13), the
output tone atwg is

N w
o (=]
T T

T
i
'
!
i
/
/
,
~
N
N

Filter bank improvement (d
(=)

—— Bank vs. high—Q biquad

- --- Bank vs. low-Q biquad 3

oy | Vor 1%

elwot 22 M (w 201

00 101 |: 2 1( 0) + 16
Channel separation (%}

= O

M3(wo, wo, —wo)}

+em it [% Mi(=wo) + - Ms(—wo, —wo, wo)}
(28)

Two important parameters that affect the performance of thg&suming higher order terms are negligible. Defiig(w,) =
filter bank are the gain at the desired signal frequergy,and @ + jb and Mz(wo, wo, —wo) = ¢+ jd where(a, b, ¢, d) are
the proximity of interferers to the desired signal. Fig. 7 plotéie unknowns we wish to find. From (10) it follows that the
just the filter bank intermodulation distortion improvement a€rms inside the second set of square brackets in (28) are the
a function of Ay; essentially, thez-axis in Fig. 7 measures complex conjugates of the terms inside the first set. We may
the vertical shift of the curves in Fig. 6. We see that mor@mplify (28) as
vertical shift means less distortion improvement. Lastly, Fig. 8 ot aVor cvgl bV dvgl
plots intermodulation distortion performance against channel® KT T) / <T T)}
separation as defined in Section IlI-C. As the interferers move 3 3
closer to the desired tone, the filter bank shows a smaller +e‘j“0t{<avm chl) - "<W01 del)}
improvement over the single biquads. The I@biquad curve z 16 2 16
is nonmonotonic because of a complicated interaction between _ 2<GV01 CVm) cos(wot)
the phases of the complex terms that makeHjg in (71). 2 16

In order for the filter bank to work well, the notches must be bVor  dVE\ .
deep; deep notches require ever higher stgbkes they move - 2<T - T) sin(wot)
closer together. Because of this, a practical limit on the channel V3 dv3

. . . . 0l o 01 o

separation is on the order of 0.5%. In terms of applications of = <aV01 + 3 )éO - <bV01 + 3 >Z—90
the filter bank,_ consider GSM, thqt has a channel spacing of e V3
400 kHz. The fillter bank would be impractical at the RF of 990 — <aV01 4+ € 01) +j<bV01 + 01) (29)
MHz because interferers are only 0.05% away from the desired 8 8

Fig. 8. Intermodulation distortion improvement as a function of interferer
proximity.
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where we have suppressed the time variahby thinking in  Changing the amplitude of the tone @t to Vi> and remea-

terms of phasors. Define the last line of (29) as suring the output tone aby gives
yr1 +yn = | aVor + Vi, +J bVor + Vi, . (30) . Vi Vo1V,
8 8 Yr2 +JYr2 = GV01+CT+CT
If the input tone atwy has amplitudely, instead, then the V3 Vo V2
output tone atw, will be +j<bV01 + d% +e %) (36)
= (Vo + YY) 4 (v + Y2} 3
Yr2 F Y12 = | aVoz + ERAAC R Solving (35) and (36) gives us
30) and (31) are linear equations. Separating real and imag- .
-( ) (31) . d P g g M3(wo, w1, —w1) =e+jf
inary parts and solving yields 4y ”
] _ 4 Yr2—UYmi
Ml(wo) =a +jb - V()l V%Q _ V%l
_ Viure = Vium ny Vi — Vieun (32) 4 yp—yn 37
ViVer — VoV V3 Ver — VooV tigove, vy G
Ma(wo, wo, —wo) =c +jd Thus, a desensitization term can be measured with another
-3 Voryra — Voayri pair of simulations, this time altering the amplitude of the
VoV, — V3, Ve interferer. An intermodulation term\s (w1, w1, —w2) = g +

Voryrz — Vooun jh can be measured with a single simulation: apply two input
Vor Vs — V3, Vo tones atv;, amplitudeV;, andw,, amplitudeVs, and measure

This suggests the following method to extract the linedRe output atw, from (25)
gain and compression terms @§ from a circuit simulation:

+ 8 (33)

2
simulate the circuit twice, once with input amplitudlg, and yr + jyr =&’ {w Ms(wy, wi, —CUQ):|
once with V2, and take the fast Fourier transform (FFT) of 16 )
each transient output to determitige:, y71) and (yr2, yr2)- L oot [w Ms(=wr, —wr, WQ)}
Then, substitute into (32) and (33) to find/;(wp) and 16
M3(wo, wo, —wp). Care must be taken to ensure: V3Ve . V32V,
e input amplitudes are not so small that the compression —97g +‘7hT' (38)

component is buried in the FFT noise floor;

e input amplitudes are not so large tha&f; contributes
significantly to the output aby;

e simulation is long enough so that transients die out and
the circuit is in steady state.

A similar procedure can be used to extract a desensitizatior]? SUMMAary, given three frequenciso, w1, wa), it takes
term. To find Ms(wo, w1, —w1) = ¢ + jf, apply & two-tone a total of seven simulations to extract numerical values for the
. ? ? - ’

input (amplitudeV,, at frequencyw, and amplitudeVy; at five terms listed in (25). The requisite formulas are (32), (33),

frequencyw;) and measure the output @g, which from (14) (37). and (39).
and (25) is

Solving for (g, k) gives

. YR o Yr
Ms(wy, wi, —ws) = g+ jh =8 i8YL_ (39
3w, wi, —w2) =g+ TR +J I (39)

B. Example Applications

et Vou M (wo) + V_S’l Ma(wo, wo, —) ' To. test the resultg from the _prev?ous subsegtion, the filter
g L0 16 3V 0 RO in Fig. 2 and the filter bank in Fig. 5 were implemented
mathematically in a C program that performed Runge—Kutta

VoV o . ) ) )
+ s M3(wo, w1, —w1) numerical integration [15]. The two single-biquads and filter
3 bank from Section IV were compared, and the values in
4 ¢ deot {@ My (—wo) + Vou Ma(—wo, —wo, wo) Table Il were ye_rified as correct. .
2 16 A more realistic and challenging test was performed using
Vo1V, SPICE on the circuit of Fig. 9. It is based on [16] and is
T g Ms(—wo, —wi, W) |- (34 an integrated filter with positive feedback to enhance the

low @ of the on-chip inductors. The two tank circuits have
Applying a time-suppression simplification as we did to (2glightly different resonant frequencies; the overall filter center
means we can write the tone @§ as requency can be altered by tuning the frequency control to
adjust the relative current in each tank. As in Section 1V, two
‘ V3, VoV, single-filters were compared with a bank of three filters in the
YrR1 +Jyn = <aV01 + e +e T) feedback configuration of Fig. 5. Fig. 10 shows the SPICE
v v 2 ac analysis of the three architectures; once again, the single
4+ <bV01 +d0 4, M)_ (35) filters have similar pass-band and stop-band performances to
8 4 the bank of filters. This time, howeves, = 40 dB and the
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Fig. 9. Realistic circuit for testing extraction method.
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Fig. 10. SPICE ac analyses of the three realistic filter configurations.

To apply the extraction method, the following procedure is
found to be effective.

1) UseVye = 2 x Vy for the two input amplitudes.

2) MeasureM; and M3. From (30), calculate the relative
sizes of the linear and compression terms at the larger
input amplitude agr, = |M;|Voe andyc = |M3|V3,/8.

It is found that0.10 < yc /yr < 0.20 means(Vy1, Vo2)

are suitable input levels. That is, the third-order term
should be between 10 and 20% as large as the linear
term to ensurel/; is large enough but/; is negligible.
Furthermore, several pairs of simulations with levels close to
the appropriate ones should be undertaken to verify that the
extraction formulae are giving consistent values for the distor-
tion terms. Taking account of all this, the extraction results are
summarized in Table Ill. The intermodulation improvements
are seen to be less than those in Table II, but Fig. 7 suggests
that this is due to the inherently high value 4§ (40 dB) in

this filter. Still, the results are useful because intermodulation
distortion is improved somewhat by the filter baakd the

3)

interferers are only 1% away from the desired signal at 1.8Xtraction method was applied successfully to a circuit in

GHz.

SPICE.
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+ 0

— O

Fig. 11. Filter circuit for laboratory tests.

TABLE llI
REALISTIC FILTER BANK DISTORTION IMPROVEMENT

The center frequencyy can thus be tuned by varying,,,:»
and G,,21, filter @ with G,,,22, and center frequency gaifi,

Filter bank win over | Filter bank win over with G,,,;. The bipolar and MOS transistors in the TA's cause
Third-order term low'gBﬁ“ef hlgh'c% filter the i— characteristics of the TA’s to deviate from linear as the
- ( ) (dB) power supply rails are approached, whence the major source
Compression -5.6 47.4 f th K l it
w;_desensitization 15.0 34.0 of the weak noniinearity. o
ws desensitization 165 32.0 The packaged chip was mounted on a circuit board and
Intermodulation 4.6 5.7 connected to complementary power supplies. The effects of

nonlinearity can be seen in Fig. 12, where the network ana-
VI. EXPERIMENTAL RESULTS lyzer sweeps the frequency close to band center with a fixed

By and large, the literature on measuring Volterra transf@plitude tone. As th? amplltpde IS |_ncreased, th_e gain at
functions does not deal with terms that overlap in frequendy MHZ decreases, illustrating gain compression; at lower
[17]-[21]. Some papers [9], [22] use tones that are Cloéeequenmes, thg gain increases, |Ilustrat|ng gain expansion.
together but not overlapping so that their products may stif€Xt: the technique of Section V was applied. The network
be distinguished on a spectrum analyzer. Indeed, such &flyZer was made to emit a tone fixed at frequencynd
approach would work in theory here—instead of [30] that h&s Program controlled its amplitude to calculaié, () and
separate real and imaginary parts, on a spectrum analyzer g« @, —w) using (32) and (33)w was then swept over

would be able to obtain an equation containing magnitudgduencies nearo. Several problems had to be overcome for
information only such as the measurement to work.

1) Measurement noise medntz, y7) values changed from
3\ 2 3\ 2
/22 2 Vi avVi
Y Ty = aVor + 3 + | bVo1 + 3 .

one measurement to the next; averaging helped alleviate
this.

(40) 2) The filterwy, Ag, and@ tended to drift slowly over time,
We could write four equations in the four unknowns So automating measurements with a program helped to
. . speed them.
(@, b, ¢, d) and solve them. But the equations arenlinear ) Component insertion loss had to be known so that the

rather than linear like (30) and (31) and therefore much more
difficult to solve. Consequently, it is easier to useetwork
analyzer to obtain both magnitudend phase information so
the extraction method of Section V can be applied directly.
The filter used in the lab is shown in Fig. 11. This,—C
filter [23] was manufactured in@8 psm BiCMOS process and

4)

input signal amplitude at the filter input was known.
Suitable signal levels had to be used so thigtwas not
lost in noise, butM/; was not too large. As suggested in
Section V-B, input levels that made the third-order term
15% of the linear term were deemed suitable.

has TA's tunable over about a decade. Both low-pass and band!N€ results are plotted in Fig. 134, is the linear gain,
pass differential outputs are available; the linear band-ps the agreement betweed, in Fig. 13 and the solid line

transfer function is in Fig. 12 is expected. The phase ff; is not centered at

Gomi Grno1 Gt 0° because of phase shifts caused by the connecting cables.
c ST The M3 magnitude graph plot80 log,, |Ms| versusw; we
Var(s) = ——G G G @D find that (24) predictdoth that M should peak wherdi,
5% + c ° o2 does and the ratio of the slopes of the magnitude graphs
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Filter magnitude response M3 magnituda

-

Gain (dB)

-1 . . . . . . . oG - "'1 100
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Frequency (MHz) ta ({MHz| & (MHz)
Fig. 12. Compression in measured linear gain characteristics. €Y

M1 magnitude M3 magnitude
120 :
100
o o
T =2
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50 : 0
O L -100
=) £e)]
ﬁ -50 ﬁ -200
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19058 100 101 "% g8 100 101 1 (MHz)
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Fig. 13. Measured linear and compression terms. Fig. 14. (a) Measured magnitude and (b) phase of desensitization term.

should beM; : My = 4 : 1, which is what the graphs show. The test setup was not easily modified to measure a bank

In other words, the nonlinearities in the filter of Fig. 11 aref filters like Fig. 5 to verify the results from Section IV.

well-modeled as weak cubics. Nonetheless, the measured results presented here are useful
Moreover, Fig. 13 offers further insight into Fig. 12. Fronbecause they confirm the formulae in Section V, and to the

(28), when theM; and M3 vectors are in theamedirection, authors’ knowledge, this is the first time Volterra sefémse

they will add constructively to produce a larger vector, i.emeasurements have been published in tlR8NSACTIONS

gain expansionoccurs. WhendM; and M3 are in opposite

directions, they result in gaioompressionin Fig. 13 we have VII. CONCLUSIONS

that |ZMs — ZM;| < 90° for w < 98.5 MHz, and gain

expansion can be seen in Fig. 12 for< 98.5 MHz. For In this paper we have talked about both tiaracterization

w > 98.5 MHz we see|/Ms — /M;| > 90° and hence gain of distortion m_weakly _nonllnear f||t_ers, using \olterra series,
compression in Fig. 12 and thereduction of distortion, using the filter bank, and
: L A concluded that the filter bank is best used in IF stages. We
As a final test of the results, desensitization measuremepits : .
. . ve also shown that understanding Volterra series eases the
were performed by adding a signal generator to the tes‘ﬁil . . . ) : :
. . ; e>§tract|0n of distortion tones, both in theory and in practice.
setup to provide an interfering tone. A second program swep
both frequencies, chose suitable input amplitudes, and used
(37) to calculate the desensitization tefdfy(w,, wy, —ws) at APPENDIX A
frequencies neaw,. The results are shown in Fig. 14. These ~ DERIVATION OF VOLTERRA TRANSFER FUNCTIONS
surfaces, too, are consistent with those for the simple bandWhen the system equations are known, hiaemonic input

pass biquad with weak cubic nonlinearities. methodmay be used to find the Volterra transfer functions
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G, and thedirect expansion methoghay be used to find the Finally,

Volterra kernelsg,, [13]. The former is more useful here, and ,

it is described below. The description here is very similar to G§2)(w1, wq) =2! Z G1(w1)G1(ws)

the one in [13], but the authors feel its inclusion is necessary :2G1($1)G1(w2). (48)

to aid in the understanding of other work presented here. If the

amount Qf detail here seems insufficient, more may be foug, 5 aboutGgf)(wl, ws, w3)? Now, n = 3 and = 2, and

by referring to that paper. . there is still only one partition of. into I parts: (v, v2) =
It can be proven that in order to fin@,(w;, ---, w,), the (1,2). Sor, = 1, 7, = 1, and from (45)

input should be set to a sum ef sinusoids incommensurate

in frequency n! 3!

. N = ottt — 120 (49)
z(t) =Y exp(jwit),  w; incommensurate  (42) Therefore
i=1 G:(f)(wl, wa, W3) :2!2/3 G1(w1)G2 (w2, ws)
This is substituted in the system equation, and then =2[G1(w1)Go(wa, w3)
Gp(wi, -+, wy) is the coefficient ofexp[j(wy + - -+ + wy)t] + G1(w2)Gawy, w3)

in the resulting expression fog(¢). The proof involves
straightforward manipulation of( )(9). Often, the system + Gilws)Galwi, w2)]

equation cannot be explicitly solved fg(t), instead having =2{[1][2, 3] + [2][1, 3] + [3][1, 2]} (50)
powers of the output such &g(t)]’, [ a positive integer [see,
for example, (20)]. In such cases, it can be shown with
more involved proof that the Volterra transfer function i
GP(wi, -+, wn), where [13]

v&here the last line is an abbreviation for the middle line.
é_astly, what is Gf)(wl, wo, w3, we)?n = 4 andl = 2,
and there are now two partitiongvi1, v12) = (1, 3) and
(va1, v22) = (2, 2). For each partition,

/
G(l)w,---,wn =1! Gy (w1, oo, Wy ! 41
vl ) Z 2y Gl ) N = " = = (51)
(vil,n) 1111!1}12!7‘1!7‘2! 113!
XG,U v e Wopd ) X e 4! 4!
2((“) 1+1 Wy 4 2) Ny = _ -3 (52)
X Gy (W, -+ ). 43) vo sl 212121

An explanation of the notation in (43) is required. giving an overall value

The (v;{, n) under the first summation sign means “the (o) /
s ¥y — 91
sum over all partitions of: into [ parts,” which means the '+ (w1, wa, w3, wa) _2'ZN1 G1(w1)Gs(w2, wa, wa)

sum over all setdv;}_, such that /
qwitizy + 2! E N Ga(wr, w2)Ga(ws, wa)
2

v+ u=n 1<v<vn<--<u o (44) =2{[1][2, 3, 4] + [2][1, 3, 4]

If I > n, then GY = 0. The second summatioE;\, + B, 2, 41+ HIL 2, 3]
extends over thenonidentical productsof the G.,. G, +[1, 203, 4+ {1, 312, 4]

and G,,, are identical ifv;; = wv;» and their arguments +[1, 4][2, 3]} (53)
are simply permutations of one another, suchGa$w;, w2)
and G3(w2, w1). A simple combinatorial argument gives the
number of nonidentical product¥ as

APPENDIX B
VOLTERRA TRANSFER FUNCTIONS FOR ABANDPASS BIQUAD

N n! (45) Equation (20) is not explicitly solved fog, but using the
- formulas in Appendix A, the \olterra transfer functiois,,

vl oty
] ] ] can be derived nonetheless. Using the harmonic input method,
where r; is the number of equab; in the first run of o assumey(¢) is made up of terms like

inequalities inv; < vy < --- < oy from (44),r5 is the number
in the second run, and so ory. = 1 if a v; is not equal to any My (wy, -+, wn) explilwy + -+ +wp )] (54)
others. They inside theG,,, term in (43) is defined as

and proceed a term at a time through (20), following the
p=vi+-4v_1+l=n—uy+1 (46) example of [13] for terms such af y dt.
Starting on the left-hand side of (20), 4f is made up of
This is more easily understood with some examples. Whakms like (54), therny/ Ry will be made up of the same terms
is G5 (w1, w2)? Heren = 2 andi = 2, and the only partition divided by R, . Thus, the coefficient ofxp[j(wy +- - - +w )]
of n into { parts is(vi, v2) = (1, 1). Thus,r; = 2in (45) and will be M,,/R;. For C, dy/dt, (54) suggests the coefficient

y ” will be
N = 4 (47) .
viluolry! 11112! Cl[j(wl +...+wn)]Mn(wl7 ey wn)- (55)
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Similarly, the coefficient fol g1 gmz2)/Ca X f y dt will be coefficient can be seen to be

Im19m2 1

M, e wy). 56 2 ' 3)
Cy  [Jlwr+ - +wn)] (w1, , Wn) (56) 3g0€1€2 Z Z/ 2!M, M, M
[ 2 (1:3,n) Nz iji iji iji
Thus, the three left-hand side terms taken together have a = — —~ -~
coefficient )

The 2! inside the first brackets is for the permutation «qf

. 1 m m 1
Cu Y it g+ P52 M- wn). (57) and vy, and
=t e > jwi Nop=—" wherer={L n#Fw (63)
e} 12 v1lvglr! T2, vi=w

The overall formula forM, can be found by dividing the Finally, by similar reasoning, the coefficient for the term with

coefficients for the right-hand side of (20), that we will now ¥ @4[f ¥° dt]* is

derive, by the quantity in (57) inside the braces.

~ On the right-hand side, starting with the two terms contain- 3gm2€1€3 P M,

ing z, we setx(t) to the sum ofr exponentials and extract the 3 Z Z , )
s M Z]wi

coefficient ofexp[j(w1 + -+ - + wyn)t]. Clearly, forn = 1 the (33, 1)
coefficient isg,,;, for n = 3 the coefficient i%¢;, and for all

othern the coefficient is zero. For the term containifig,® dt,
" ey ;AP M®

we know that the coefficient fog® is M *) from Appendix x|Y == (64)
A; the integral sign produces a result similar to (56), leading N ijz‘ ijz‘
to an overall coefficient of v2 vs

9n;162 ]\47(13)(&}]L7 ey wn) (58) where |

n.
Fios N, =
CQ;JW” ! v i(n — vp)!
_(n—wv)! 1, vaFus

for that term. In the term containing y d¢], the integration Ns = vl wherer = 2 vy =y (65)

happensbefore the cube. This means the/ " jw; terms i
must be taken for each individual,. in the final expression, 1€ results for generat are shown in Table I. Although
leading to a coefficient as given in (59), shown at the bottofe coefficients in the last three rows are nonzero only for

of the page, or, in an abbreviated (yet hopefully clear) notatiéh= 5 the authors have not seen coefficients for terms such
as[ ydt]?[J v?dt] published before, and hence feel they are

€10m2 4 > Z/ M, M, M, (60) orth including.
3 N
APPENDIX C

3 . . L0
S IR TRaD DL SRR g
v1 v2 v3
_ o - _ . VOLTERRA TRANSFER FUNCTIONS FOR THEFILTER BANK
Using a similar argument, the coefficient for the term involving i . i
[ »° dt]* can be seen to be Let us find the Volterra transfer functions for the filter bank

of Fig. 5. We shall use the naming conventions shown there:
aé b M MP MY The resonators have transfer functiahs,,, Mo, and Maz,;
3 Z ZN ) ) - (61) the transfer function from input to output &,,; the transfer
YIER) SR
U1 (%) U3

2 (vi3,n) function from input to “error” isk,,; and the transfer functions
from input to each resonator’s output dtg,,, Ho,, and Has,,.
The coefficients for the remaining two terms are slightlyve assume the feedbadkw) is linear, but possibly frequency

more difficult. One of the terms is of the form dependent.
Finding the Volterra transfer functions for Fig. 5 is tanta-
{/ ydt:| {/ ydt:| {/ y> dt} mount to performing the same calculation on Fig. 15 because
(it is easily verified) the three parallel resonators can be

. L . reduced to one resonator with
which suggests a coefficient involvingf,,,, A,,,, and M5§’>

where vy + vo + v3 = n. After careful examination, the My, = My, + My, + Ms,. (66)
3
€19m2 o 2 : 2 :/ le (wlv T w'Ul)MUZ (w'U1+17 s w’U1+’U2)MU3 (w/u T wn)
O3 3 N v vitv2 n (59)

(v3,m) iji Z jwiiji
=1

t=v1+1 =
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Hiz(wi) = Ky (w1) K1 (w2) Ky (ws)Mi3(wr, we, ws) + Ka(wy, wa, w3)Miz(wy, wa, w3)
1

1+ ¢(w) Z My (w)

where K; (w) =

[T E (@)D Mis(w, wa, ws)
and Gg(wl, wa, wg) = 3 3 (71)

14 ®(wy + wo + w3) ZMil(wl + we + ws)
3

yan\ Expanding (69) for = 1 andn = 3 gives, respectively,

X(t) > M Y(t)
N "
B e(t) Hll(CU1) :Kl(wl)Mll(wl)

_ My (wr) (70)

1+ <I>(w1) ZMil(wl)

o(h)

Fig. 15. Simplified filter bank structure. [the same result (26) as the linear analysis] and, using
(66)—(68), gives the result shown in (71), at the top of the page.

The input—output Volterra transfer functigs,, for Fig. 15 is

derived in [13]: ACKNOWLEDGMENT
The authors are grateful to A. Shoval for the use of his test
Grlwi, -5 wy) board in measuring the laboratory results. Thanks are also due
. to the anonymous reviewers, whose comments helped correct
=[14+ Qw1+ Fwp)Mi(wr + -+ wn)] errors in and improve the clarity of the paper.
n
!
XD D 2oy Kulwrn s wn)
i N REFERENCES
=2 (vil,n)
X KU2 (wvl, Ty, w,U1+,U2) X X sz (w/u Ty wn) [1] J. A. Cherry, “Distortion analysis of weakly nonlinear filters using
\olterra series,” M.Eng. thesis, Carleton Univ., Ottawa, Ont., Canada,
V1 v1+v2 n
1994.
x M, Z wi, Z Wiy ooy Z Wi (67) [2] J. A. Cherry and W. M. Snelgrove, “Analog filter banks with low
im1 F— i=p intermodulation distortion,” innt. Symp. on Circuits and Syster$95,

pp. 1195-1198.
[3] R. A. Duncan, K. W. Martin, and A. S. Sedra, “@-enhanced active-

with yi = n —w,, — 1 as in Appendix A and RLC bandpass filter,” inint. Symp. Circuits and System993, pp.
1416-1419.
[4] S. Pilipos and Y. Tsividis, “Design of active RLC integrated filters with
Ko (wi, -, wn) ==Gp(wr, -+, wn)@(wr + -+ +wp) applications in the GHz range,” int. Symp. Circuits and System994,
_ pp. 645-649.
+ 1, n=1 (68) [5] N. M. Ngyuen and R. G. Meyer, “Si IC-compatible inductors and LC
0, n>1" passive filters,”IEEE J. Solid-State Circuitsyol. 25, pp. 1028-1031,
Aug. 1990.
. . . . . [6] B. S. Song, “A 10.7MHz switched-capacitor bandpass filtéEEE J.
To derive Hy,,, we note that it is simply &eries connection Solid-State Circuitsyol. 24, pp. 320-334, Apr. 1989,

. P : [71] W. M. Snelgrove and A. Shoval, “A balanced p& CMOS
of K, and M,,,. Extrapolating from the derivation in [13], we transconductance-C filter tunable over the VHF rangiEEE J.
i Solid-State Circuitsyol. 27, pp. 314-323, Mar. 1992.
can write the result [8] R. E. Fisher, “A subscriber set for the equipment teBegll Syst. Tech.
J., vol. 58, p. 133, Jan. 1979.
[9] J.J. Bussgang, L. Ehrman, and J. W. Graham, “Analysis of nonlinear
systems with multiple inputs,Proc. IEEE, vol. 62, pp. 1088-1119,
Aug. 1974.

Hln(wlv Tty wn)

n
/
= Z Z K, (wb cee L Wy ) [10] H. L. Krauss, C. W. Bostian, and F. H. RaaBplid State Radio
N ! ! Engineering. New York: Wiley, 1980.
=1 (vil,n) [11] V. Volterra, Theory of Functionals and of Inegro and Integro-Differential
X Koy (Ways = 0y fordus) X o0 X K, (w/u cee W) Equations. New York: Dover, 1959 (reprint of 1930 edition).

[12] N. Wiener,Nonlinear Problems in Random TheoryCambridge, MA:
v1 vtz n MIT Press, 1958.
x My Z wi, Z Wiy e Z wi |. (69) [13] E. Bedrosian and S. O. Rice, “The output properties of Volterra systems
£ (nonlinear systems with memory) driven by harmonic and Gaussian
=p inputs,” Proc. IEEE,vol. 59, pp. 1688-1707, Dec. 1971.

=1 1=v1



CHERRY AND SNELGROVE: DISTORTION IN BANDPASS FILTERS 537

[14]

(18]

[16]

[17]

(18]

[19]
[20]

[21]

[22]

(23]

M. Padmanabhan and K. Martin, “Resonator-based filter-banks f~- W. Martin Snelgrove (S'75-M'81) received the
frequency-domain applicationslEEE Trans. Circuits Systyol. 38, pp. B.A.Sc. degree in chemical engineering and the
1145-1159, Oct. 1991. M.A.Sc. and Ph.D. degrees in electrical engineering,
W. H. Press, S. A. Teukolsky, W. T. Vetterling, and B. P. Flannery from the University of Toronto, Ont., Canada, in
Numerical Recipes in @Qnd ed. Cambridge U.K.: Cambridge Univ. 1975, 1977, and 1982, respectively.
Press, 1992. In 1982, he was with INAOE, Mexico, as a
N. M. Nguyen and R. G. Meyer, “A 1.8-GHz monolithicC' voltage- Visiting Researcher in CAD. He then taught at the
controlled oscillator,"EEE J. Solid-State Circuitsjol. 27, pp. 444-450, University of Toronto until 1992, when he moved
Mar. 1992. to Carleton University, Ottawa, Ont., as a Professor
Y. L. Kuo, “Distortion analysis of bipolar transistor circuits|EEE and holder of the OSCI/NSERC Industrial Research
Trans. Circuit Theoryyol. 20, pp. 709-716, Nov. 1973. Chair in High Speed Integrated Circuits. He spent
K. Gopal, M. S. Nakhla, K. Singhal, and J. Vlach, “Distortion analysigappatical leaves in 1989 and 1990 as a Resident Visitor at AT&T Bell
of transistor networks,IEEE Trans. Circuits Systyol. 25, pp. 99-106, | aoratories in Reading, PA, working in CMOS analog design, and took
Feb. 1978. B research leaves in 1991 and 1992 to work on a VLSI circuits text, from
R. G. Meyer and M. L. Stephens, “Distortion in variable capacitojyhich he taught at the University of Oulu, Finland. His work focuses on
diodes,"IEEE J. Solid-State Circuits/ol. 10, pp. 47-54, Feb. 1975. o ichitectures and circuits for high-performance integrated circuits for signal
S. !\larayanan Appllcat_|on of Volterra sene;s_ to |ntermoduIaF|0n_ d'Sprocessmg applications, including RF signal conditioning, high-speed data
tortion analysis of transistor feedback amplifieHZEE Trans. Circuit conversion, real-time DSP, and CAD for signal processing.
-Srheé)(;ya"‘alr'] dl7|_ %3 ?:%1?1;52“&;\&‘12\6} i|~1|97\c/)6lterra KemeliEEE Trans Dr. Snelgrove was the winner of the 1986 Circuits and Systems Society
- Boy A ’ 9 * Guillemin—Cauer Award for a 1986 paper coauthored with A. S. Sedra. He

(Filr((:;‘U|t,\sAeSyesrt.,'\\/Ao|:] 3(S),heprr1)éhz7:;—nsd7; ggghgr?t?sch “Cross modulation S§§/€S as an Associate Editor for the |IEEEANSACTIONS ON CIRCUITS AND
. yer, M. . | | . STEMS Il: ANALOG AND DIGITAL SIGNAL PROCESSING

intermodulation in amplifiers at high frequencie$2EE J. Solid-State
Circuits, vol. 7, pp. 16-23, Feb. 1972.

A. Shoval, D. A. Johns, and W. M. Snelgrove, “A wide-range tunable
BiCMOS transconductor Microelectron. J.yol. 24, pp. 555-564, Aug.
1993.

James A. Cherry (S'97) received the B.A.Sc. de-
gree in computer engineering from the University of
Waterloo, Ont., Canada, in 1992, graduating at the
top of his class, and the M.Eng. degree in electronics
from Carleton University, Ottawa, Ont., in 1994. He
is currently completing the Ph.D. degree at Carleton
University, in the area of high-speed continuous-
time sigma delta modulators.

His research interests lie in the rapid simulation
of such circuits, and in the rapid identification and
determination of the effect on performance of circuit

nonidealities.



