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ABSTRACT

The design and implementation of recursive charge coupled
device filters is presented. The: characteristics of charge
coupled devices are discussed as they apply to such filters.
Second order sections are analyzed in terms of coefficient
sensitivity. Scaling and pole zero pairing for higher orxrder
filters are discussed. The hardware implementations of a
second order resonator, a general second order section, and a

fifth order low pass filter are presented.
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INTRODUCTION

The few years since 1970 have seen a rapid growth in the
application of charge coupled devices to analog and digital
signal ‘processing. First reported in 1970[1], these devices
now promise to replace passive and active filters in many
roles, perform convolutions and spectral analysis, do visible-
light and infrared imaging, replace magnetic data recording in
some bulk memory systems, and realize very low power logic
circuits.

Charge coupled devices(CCD's) consist basically of a
series of closely spaced electrodes separated from a
monolithic semiconductor substrate by a thin insulating layer,
normally silicon dioxide for silicon devices. Charge is
introduced at one end of the eléctrode array, and is
manipulated in the substrate by applying voltages to the
electrodes in a sequential fashion, The operation of a silicon
two phase CCD delay line is illustrated in Figure 1.1.
Minority carrier charge is stored at the silicon-silicon
dioxide interface because of the potential wells created by
the clocking pulses. The quantity of charge normally
represents, in some fashion, the input signal voltage sampled
at regular intervals at the device input. By nondestructively
sensing the charge stored under the appropriate set of
electrodes, time delayed versions of the input signal are
obtained at delays of T, 2T, ... nT seconds, where 1/T is the

rate of input sampling.
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In sampled data filtering, transfer functions are

realized of the fornm

M
-k
) a,z
k=0 K
N
1+ z bg’Z-'e
=1

H(2)

(1.1)

where H(Z) is the Z-transform of the discrete impulse response
of the filter;ak and bﬂ are coefficients set by the particular
design of the filter; and Z-'1 is the unit delady operator,
representing a delay of T seconds. One structure capable of
realizing H(2) is shown in Figure 1.2. The coefficients a, are
known as the feedforward terms, while the coefficients bl are
known as the feedback terms, Filters in which all bZ;o are
called transversal filters. Much work has been done to realize
such filters both in digital and in analog sampled data form.
Filters in which pé#o, for /<N, are known as recursive
filters, where N is the order of the filter. Recursive filters
have been built using digital and sampled data analog
techniques[2,3,4,5].

A technique which is now used in almost all CCD
transversal filtérs, and which enables most of the filtering
operations to be accomplished directly in the CCD structure
itself, is the split-electrode sensing technique [6]. A
typical split-electrode structure is shown in figure 1.3. Each

side of every split electrode is connected to a common bus,
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and the voltage or current changes in the busses are
differentially combined to produce a weighted sum of delayed
signal samples. This operation performs the filtering
function, In this manner, coefficients or "tap weights" within
the range -1 to +1 can be realized. In recursive filters a
weighted sum of delayed signal samples is added to the input
signal. Coefficients bl in the range -2 to +2 for second order
filters are possible, and larger coefficients may be required
for higher order filters. This requirement makes the
realization of CCD recursive filters more complex than that of
transversal filtexrs.

This thesis reports on an analysis of recursive sampled
data filters, and presents the iealization of three recursive
cCDh filters. In Chapter 2, the two level, polysilicon gate CCD
used to construct the filters is discussed, and the non-ideal
effects of the CCD are reviewed. In Chapter 3 the theory of
recursive filtering is discussed, including considerations of
sensitivity and stability. An analysis of the second order
recursive filter, which can be used as a building block to
construct higher order filters, is presented in Chapter 4. 1In
Chapters 5, 6 and 7, measured data are compared with computed
values for a second order resonator, a general second orxder
section, and a fifth order filter of cascade structure,
respectively. Several applications for recursive CCD filters

are described in Chapter 8.
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CHARGE COUPLED DEVICE CHARACTERISTICS

2.1 Input and Output Methods

The CCD used in all of the experimental work reported
here, is a Bell Northern Research two level polysilicon gate
device designated CCRF01. As an element in the realization of
sampled data recursive filters, the primary interest is in the
CCD properties of sampling and delaying a signal in discrete
time steps, and in weighting delayed samples with preset
multiéliers. Ideally, there are no nonlinearities present in
the transfer function which relates the voltage output at any
tap on the CCD to the input voltage represeﬁting the signal.
In practice, however, nonlinearities do result from the
voltage to charge conversion at the input and the charge to
voltage conversion at any of the sensing electrodes.

The two methods of charge input employed in the CCRFO1
device are shown in Figure 2.1. The gate input method, Figure
2.1a, produces a charge input to the CCD proportional to the
input signal applied on gate G,. Gate G, is driven with the
sampling pulse, ﬁorming a channel through which charge flows
from the groundeé source electrode S to equalize the surface
potential under G, with that at S. Thus a "bucket", whose
depth is proportional to the input signal, is "filled" with
charge. This charge is then transferred along the CCD by the

¢1 and ¢2 electrodes. Nonlinearities arise from a portion of
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the charge underx G1 spilling over to G2 when the sampling
pulse goes to its low level. This can be reduced by making the

active area under G, as small as possible.

1
The input method of Figure 2.1b, here referred to as the

source input method[8], produces a charge inversely

proportional to the input signal applied to the source S.

Gate G, is again driven by the sampling pulse, while gate G2

1
is held at a reference potential during the ¢1 clock interval,
forming an input bucket. The surface potential under G2 is
equalized with the input voltage on S when G1 is pulsed to a
high level £illing the bucket with an amount of charge
proportional to the difference between the reference potential
well and the input voltage. The charge is then transferred
along the CCD in the same manner as before. A nonlinearity is
introduced by the dependence of the substrate to G2
capacitance on the surface potential under Gz, and on the
input signal. Another nonlinear effect is introduced by the
spilling of charge under G1 into the G2 bucket, as in the gate
input method.

The CCD output method used in this work is the floating
gate sensing method[9] illustrated in Figure 2.2. An output
voltage is obtaihed by nondestructively sensing the amount of
charge under the ¢1 electrode. A ¢3 clock pulse presets the
sensing electrode G to a potential Vad prior to charge

trénsfer from the ¢2 electrode, then G is allowed to float.

When the charge is pushed to G by the ¢2 electrode falling to
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a low potential, G drops to a lower potential from its
floating value of Vaa- This potential change is buffered by an
on-chip source follower, and an output signal is obtained
across'an external resistor to ground. The sensed voltage
change is a non~linear function of the charge transferred, as
a study of Figure 2.2b will show. A charge Q added to the
junction of the oxide éapacitance(cox) and the depletion
capacitance(cdep) will cause no charge redistribution on COX
because the upper plate charge is fixed due to its being
floated. Q, however, will cause the potential across Cde to

P
drop thus causing a similar voltage drop in V_. Cdep is a

s

nonlinear capacitor and thus Vs will not change by a linear
function of Q. Operating the CCD with a bias charge or "fat
zero" and having the signal variations cause a sufficiently

small change in the bias charge, reduces the sensing

distortion to an acceptable level.

2.2 Non Ideal CCD Effects
2.2.1 Charge Transfer Efficiency
Charge transfer efficiency of CCD's[10] expresses the

fractional amount of charge transferred from one potential

well to the next in response to the clocking pulses. This
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phenomenon causes a small amount of charge to be added to the
adjacent charge packet. The figure € is normally used to
express the ratio:

e= untransferred charge on k'th stage (2.1)
charge initially on k'th stage :

and p=1-¢
where p is the charge transfer efficiency, which for practical
- devices can be as high as .9999. For a simple delay line the
effect of charge transfer efficiency will manifest itself as a

transfer function at the k'th output stage of [11]

k
Vk(Z) _[ 1-¢ 1] z—k ‘ 2.2)
v(z)

where V(2) and Vk(Z) are the Z-transforms of the input voltage
to the CCD and the output voltage at the k'th stage,
respectively. It should be noted that € refers to the charge
lost in the transfer from one output stage to the next; that
is, two transfers for a two-phase CCD. For a single delay

stage this reduces to

-1
V.,,(2) 2 _
i+1 _ =P (2 1

=7 ) (2.3)
Vi(Z) 1-€2

The effect on any filter transfer function realized using the

CCD can thus be found by substituting p(z-1) for 1.
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2.2.2 Gain and Gain Stability

The gain of the i'th stage of a CCD delay line can be
defined as the ratio of the output voltage at the i'th sensing
electrode to the input voltage to the CCD. VWhen using external
multipliers to realize tap weights for a filter, the value of
any tap weight will change proportionally to the gain of the
appropriate stage. For a transversal filter the transfer

function is:

lg -
H(Z)= a, z
k=0 K

k (2.4)

A common factor can be removed from each of the tap weights a,

leaving

N -—
H(z)=A ] a' 2
k=0

k (2.5)
where Aa'k = ap . Assuming that the coefficients a are
realized exactly, the value of A can represent the gain of the
CCD, which can vary with the operating parameters. Variations
in A will cause a magnitude change in the filter transfer
function but will not move the zeros of the filter, and thus
not change the shape of the frequency response. For a
recursive filter with transfer function
Mo x
1 a2
x=0 X
H(Z)= (2.6)

y..-£

1+ by 2
e
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a cormon factor may be removed frcm tle numerator without a
shift of the filtexr zeros, but noi: from the denominator
without changing the pole locations, since the "1" is a
function of the filter structure and cannot be changed. A
change in the CCD gain causes a new transfer functicn to be

realized as

M
-k
a'. 2
kZO k (2.7)
N £
1+ Y b', %
2.21 £

HI (Z)_

sc that the filter poles (roots cf the dencminator) have been
moved from their designed locations. The CCD gain variations
must then be considered in the total allowable coefficient
error wheh the filtér is béing designed.

The gain of the CCD used in this work was measured by.
applying an AC signal to the gate and the soﬁrce inpgts in
turn, and measuring the output at tap number one for values
of the drain voltage (Vpp) from 10 to 16 V and substrate
bias between 1 and 7 V. Harmonic distortion at the output
was similarly measured. The measured values of gain and
harmonic distortion are plotted in Figures 2.3 and 2.4 for
the gate and source inputs respectively. From these plots
a suitable operating range for the CCD can be chosen, as
indicated by the area marked in the figures, where harmonic
distortion is better than 40 dB and gain variations are held

to within +1%.
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RECURSIVE FILTERS

3.1 Infinite Impulse Response Structures

A network transfer function of the form

H(Z) (3.1)

-4
1+ ¥ b,2
ZZ1 2

realizes a system with a difference equation
N M
y(nT)= } b,y (nT-£T)+ } a x(nT-kT) . (3.2)
221t k=0 ¥

=0

By inspection, the network corresponding to this difference
equation can be drawn as in Figure 3.7a and is known as the

direct form I realization[12]. Since this realization is in

fact the cascade of two networks, one realizing thé zeroes of
the transfer function H(Z) and the other the poles, the order
can be reversed to give the network of Figure 3.1b. It is now
observed that the two delay branches have the same input and
thus can be replgced with only one delay branch, as shown in

Figure 3.1c. This structure is known as the direct form

II[13], and is also one of the canonic forms since it contains
the minimum number of delays necessary to realize H(Z). Any of
the coefficients a, or pﬁ can be zero in these structures. For

real a, and by, H(Z) can be factored into quadratic factors in




y(nT)

x (nT)

Figure 3.1la

Figure 3.1lb

\/
an

N
.bN

Figure 3.1lc

Infinitive Impulse Response Networks

Figure 3.1
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the numerator and denominator if M and N are even, Or
quadratic factors and a first order factor if M and/or N are

odd. Thus, for M and N even,

M/2

II (1+a1k2—1+a2kz-2)
k=1
H(Z)=A (3.3)
N/2 1 s
k131(1+fs1kz +Bo 2 )
and for M and N odd,
M-1
(1+a Z_1)f% (1+a Z-1+a Z_z)
0 k=1 1k 2k
H(2)=A N=7 (3.4)
2
-1 -1 =2
(1+soz )H1(1+s1kz +32kz )

~
i

These representations suggest a cascade structure of first and
second order sections with factors from the numerator and
denominator arbitrarily paired. Each section can be realized
in the direct form II, as shown in Figure 3.2.

A partial fraction expansion of H(Z) into a sum of

quadratic factors of the form

-1
N/2 ¥Yar +vY.,.2
H(zy= § 0k V1K

g, (here M=N, even) (3.5)
k=1 1+8,, 2 +8,, 2

-2

allows a parallel realization of the filter, as shown in

Figure 3.3. Realization of a filter with second order sections
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offers benefits in terms of the accuracy with which
coefficients must be realized to maintain acceptable

performance.

3.2 Coefficient Sensitivity

In the hardware realization of sampled data filters, it
is of great concern whether or not the filter response will
meet the design requirements with a given accuracy to which
the filter coefficients a, and QZ can be realized. As an
example, a design for an elliptic function iow pass filter may
have a pass-band ripple of .1 dB, yet when realized with
coefficients accurate to *.5% éhe ripple increases to 1 dB, a
value which would probably be unacceptable. A direct form

filter designed with a transfer function

Z akZ
H(Z) k=°N " (3.5)
1+ ] by2"
221

when realized with inaccurate coefficients a'k=ak+Aak and biﬁ

=b +Ab£ now has a transfer function

£

M .
) a'kz ~
H' (_Z)=k-————=0N , (3.6)
1+ Y b',2~
2=1 £
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If H(Z) has poles located at Z=Zi i=1,2,...,N then H' (Z) will
have poles located at Z=Zi+AZi; that is, they will have
miérated from their intended locations due to the inaccuracies
b,.
5%
Kaiser[14] and Oppenheim and Schafer [15] have shown that the

Similarly, the zeroes will migrate to new locations.

sensitivity of a simple order complex pole, .Z;, to a change in the

coefficient b,, can be expressed by

52, ziN"l
6§£ = (3.7)
k#2

Mitra and Sherwood[16] have expressed the change in the radius

and the angle of a pole as

Ar.=sFi._aB (3.8)
i b

re.=s%i.aB ' (3.9)
i b .

where Siiand Sgiare row vectors incorporating the initial pole

locations, and AB is a column vector of the coefficient

changes Apl. A Fortran program was written to evaluate pole

changes for several fourth oxder filters. In particular, the

case of a filter with two pairs of closely spaced poles was

studied. Coefficient errors were assumed to be of the form
A§£=X.E.[bi] x=uniformly @istributed (3.10)

random variable

E=maximum coefficient error
[bi]=max{b1,b2,...,bN}
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For the case of poles separated slightly in radius, as in
Figure 3.l4a, reducing the difference in radius caused large
pole migrations in the radial direction, whereas poles of the
same radius but separated in angle (Figure 3.4b) were caused
to change in angle by large amounts. Figure 3.lu4c shows the
rapid increase in pole angle error for the case where the
poles were of the same radius and the angle between them was
decreased. From a few computer simulations it became evident
that second order filters were the most complex that could be
realized with coefficient accuracy on the order of 0.1%, and
that higher order filtexrs would of necessity be composed of
second order sections. This result has been presented
previously in the literaturel[17].

Should the coefficient inaccuracies be such as to move
the poles of the filter outside the unit circle, the filter
will become unstable[18]. Thus a rough bound on necessary
coefficient accuracy can be found from the criterion for
stability; that is, all poles lie inside the unit circle. Such

a bound is used in Chapter four for the second order case.

3.3 Pole-Zero Lgcations of Filter Functions

Some general comments can be made about the pole and zero
locations of sampled data filter functions to show the role of

poles and zeroes in shaping the frequency response. The
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frequency response of a filter can be found by evaluating the

transfer function II(Z) on the unit circle in the Z plane, that

is by evaluating H(ejmT). By examining the transfer function

in a factored form,

Mool -
oz
H(Z)=A k;1 1k — Zk=zeroes of H(Z) (3.11)
1}] ﬁz_-z Py =poles of H(Z)
=1
N M
2% Py, . Py [T (2-2;)
=a = (3.12)
M
Z Z Z ...ZM H (Z-‘P.)
172 g=1 %
M
I (z-2y)
=a zN-M Rel® 551—————— ~ (3.13)
IT (Z-p,)
g=1 %

and substituting Z=e3mTr

M . .z
II (e]mT__r e] 612()
"m(eI®Ty=a oJ (N-M) 0T o 30 k=1
N jwT jeE
II (e -roe )
=1

(3.14)

z
k
P

it is observed that the factors each represent a vector from
the point on the unit circle for a frequency w to the zero or
pole. This is illustrated in Figure 3.5. For a pole close to
the unit circle, as P1 in Figure 3.5, it can be seen that the

vector from that pole is very small when the unit circle is

traversed close to the pole, making the denominator of 3.1l
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small and consequently H(eij) large. For zeroes on the unit
circle, the vector is of zero length when wT equals the angle
of ‘a zero, and thus H(ejMT) is zero. The frequency response of
a filtér is made up of the contributions of several poles and
zeroes, causing peaks when wT is close to a pole angle, and
nulls when wT is at the angle of a zero of radius 1. For a
typical low pass filter, the pole and zero "constellation" is

shown in Figure 3.6.

3.4 The Bilinear Transformation

A method for designing sampled data filters is to use the
bilinear transformation to find H(Z) from a continuous time
prototype function H(S) [19] . This transformation is very
useful if the frequency domain magnitude characteristics are
to be preserved in the transformation. Sampled dat; elliptic
function filters, with equiripple passband and stopband
performance and the sharpest transition for a given order, can
be designed with the bilinear transformation. The mapping from

S plane to Z plane is:

S _.g;} (3.15)

=1L

where the choice of T determines the location of the band
edges on the Z plane unit circle. A method of scaling the

transformation is to observe that the point on the real
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frequency axis in the S plane representing the band edge of a
low pass or high pass filter (m=wp=1 for normalized filters)
maps into the point on the unit circle in the Z plane which
represénts the band edge (Z=ejQPT). This is illustrated in
Figure 3.7. Using the "frequency warping" relationship[20]

which can be obtained from 3.15,

w=2 tan®L w=S plane real freq. variable

T 2 2=Z plane real freq. variable (3.16)

the desired value of QPT and the known value Wy can be
substituted in order to find T. As an example, a normalized S
plane low pass filter for which wp=1 is to be transformed to a
Z plane low pass filter where QPT is 1/10 of the clock

frequency; that is, @ _T=27/10.
QT

T=.649839

This value of T can be substituted into equation 3.15 to
effect the transformation. It should be noted that when the
filter is const:ucted it is not necessary to use this value of
T to determine fhe clock rate, a filter has been designed only
with a pass band edge equal to 1/10 of the clock frequency.
Band pass and band stop filters require prewarping of the band

edge frequencies before the S plane filter is designed.
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SECOND ORDER FILTER SECTIONS

4,7 Filtexr Structures

Interconnection of second order filter sections
("biquads" in active filter terminology) makes it possible to
realize filter functions of any order. Many configurations of
the second ordexr section are possible[21,22], however a study
of those presented in the literature has led to the conclusion
that the direct form II is the most suitable for CCD
implementation. This is the case because the delay elements do
not have adders between them, leading to efficient CCD
realization. Other configurations which havé more adders or
multipliers than the canonic form lead to increased circuit
camplexity, with no benefit in terms of reduced coefficient
sensitivity. The direct form I would be suitable for CCD
implementation, however it has twice as many delay stages as
the direct form II, and it does not offer any sensitivity
improvement.

A CCD realization of a second order section with no
feedback terms (ie a transversal filter) and using the split
electrode coeffiéient weighting technique is illustrated in
Figure U4.1a. Transfer electrodes between the sensing
electrodes are necessary for charge transfer, but are not
shown here for clarity. The input voltage is converted to a

charge at the input electrode, and transferred along the CCD
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where it is sensed at multiples of the clock period T by the
split electrodes. The sensing circuit and operational
amblifier perform a sum of the delayed signal samples weighted
according to the positions of the splits. Coefficient values
ranging from -1 to +1 can be realized in this manner. An extra
delay T is added because the first tap, ag cannot be taken
directly from the input electrode. In most applications this
is of no consequence.

A second order section with feedback elements is shown in
Figure 4.1b. Here the split electrode technique cannot be used
because the first two stages must provide both a feedforward
and a feedback term each. The floating gate_sensing method is
used, with resistors and operational amplifiers providing
coefficients. In order to use split electrode weighting to
realize both sets of coefficients, the taps can be staggered
as in Figure U4.1c. In this case the delay between adjacent
feedforward coefficients and adjacent feedback coéfficients is

two clock periods, causing the frequency response of the

filter to become H(ezij), where H(ejmT) is the response for a
single delay T between adjacent feedforward or feedback taps.
Using this scheme the CCD filter would have to be operated at
twice the clock frequency needed if the scheme of Figure 4.1b

were used.
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4.2 Second Order Sampled Data Resonator

A second order section realizing a complex conjugate pair
of polés is useful as a narrow band pass filter, or "sampled
data resonator". Several examples using CCD's and bucket
brigade devices (BBD's) in multiplexed and non-multiplexed
filters have been reported|[2,3,5]. A measure of the frequency
selective properties of such a filter is the "Q", often
defined as

0= resonant frequency (4.1)
- 3 dB bandwidth *

An expression which gives an accurate measure of the Q of a

sampled data resonator is [Appendix A]

—— poles at Z=r eJuT (4.2)

0

Using this expression, the locii of poles for a given value of
Q can be plotted in the 2 plane, as in Figure 4.2d and Table
4.1. It can be seen that, as the pole angle 60=w0T increases,
the pole radius r required to achieve a given Q, decreases.

A second order transfer function can be written as

_N(2)
H(Z)—D(Z) (4.3)
‘ -1 -2
where D(Z)=1+b1z +b2Z (4.4)
1. -1,.2,-2
=1~2r, cose,Z +r,Z (4.5)
and Z1 2=r0eije° are the system poles.
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Gold and Rader [24] have shown that errors in the pole
positions caused by inaccuracy in the coefficients b1 and b2
are given by

1

-Ar=-§?— .Abz (4.6)
0
, Ab Ab
and po=—s—2 — - L (4.7)
2r0 tane0 2r0 51n60

for small Ab1 and Abz. In order to maintain a stable filter,
the poles must remain inside the unit circle in the 2 plane.
Thus if a pole radius can be realized to an accuracy of #Ar,
then

r0<1-Ar (4.8)

for stability. Using the expression for Q,
ol
Q=- v (4.2)

an upper limit for Q can be established,

-|eol :
Qmax— (4.9)
2 1n(1-Ar)

using a series expansion for -1ln(1- r),

Q .= o (4.10)
x 2(Ar+Ar2/2+Ar3/3+...) )

Ar<<1

(using 4.6) (¢.11)
Aséuming that the coefficients b1 and b2 can be realized to an

accuracy of-x%, then




-39-

~x ~ o
lab, | ax™T00 ro=1, by=1 (4.12)
100xr 6
and Q =090
max X
10060
— (4.13)
Qmax is plotted versus 60 for several values of x in Figure
4.2b.

It can be seen that high-Q pole pairs are possible if Ty

1 and 9, is as large as possible. Large values of LI lead to

0
small separation between the first pass band and the repeated
pass band. Values of r, close to 1 result in Q being a very

sensitive function of b2. Using the standard definition of Q

sensitivity, the expression for ng can be found as

Q do/Q d 1n OQ
S = (4.14)
by db,/b, "d In b,
) 0 ley] log] (4.2)
where = =
2 1n Ty 1n b2
then 1n Q=1n|eol-1n(-1n b,) (4.15)
d 1Inle,| 4 ln(-1n b,)
and sQ - 0 2
b2 d 1n by d 1n b2
a1
=0-15 B, 8,78 (by) (4.16)

For b2+1, in b2+b and ng becomes very large. For b2=.98
producing a resonator Q of 75, ng=49.5. In order to realize
the Q to within *5%, b2 must be accurate to within *.01R%.

Sensitivity expressions can also be derived for the pole
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frequency w =90/T with respect to changes in the coefficients

0

b1 and b2.

coseo=fb1/2r0=—b1/2/b2 o (4.17)

-(deo/db1)51neo=—1/2¢b2

fo_
then Sb1—(deo/db1).b1/90
_ 1 Py

=gy
2 b2 51n90 eo

(4.18)

and —(deo/dbz)sin90=—(b1/2)(-é)(1/b3/2)
_ 3/2
—b1/(4b2 )

60=
then S (deo/dbz).bz/e0
_ by P,
= 377 £
ub2 31neo eo
b,

= - (4.19)
u¢526051n60

—_1c%0
= ésb1

s80 ang s%0 are large for g -0 and b_-0; howevever for
b1 by 0 2

most cases of interest they are not large. As an example, when

= = = 0 =
,=T/4 and ¥ =/B,= .98, then sb1 1.273.

Another way of seeing the effect of coefficient error on

the filter characteristics is to obsexrve the migration of the

poles in the 2 plane. Since bb=r 2 and b =-2r cosg _==-2y , it

0 1 0 0 0
is clear that variations in b2 will cause changes in the pole
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radius while variations in b1 will cause pole shifts parallel
to the x-axis. Figure 4.3 illustrates the region bounded by
arcs of radius r,-Or and r, +Sr and the lines x=x5-8x and x=x;,+
6x, where §r=-Ab,/2r, and Sx=Ab,/2. It is evident that to
ensure stability, only b2 must be controlled, and must be less

than 1 in magnitude.

4,3 Effects of CCD Transfer Efficiency

02-1

-1
- 1-e2
for 2z 1 will model the effect of CCD transfer efficiency on a

In Chapter two it was shown that substitution of

filter function. As an example, a resconator with poles at 2

*in/2 . . . . _
=xr,e is considered, with b1=-2r0coseo—0. Thus

1
1+b22
1 .
L (4.20)
2_-2
_11+r0 pA .

Substitution of E———:T for 2-1 gives
1-€2

H(zZ)= 7

2( p%z~2 )
H’(Z)=1/[1+r — — ]
0 1-2€¢2 1+EZZ 2
=1—ZeZ_1+z—:2Zm2
1-25Z-1+ezz—2+r02p22_2

1-2¢2" "
1—2€Z_1+r02p22-2

(e2<<1) (4.21)

Thus a transfer function zexro at Z=2¢ has been created, and

the new pole positions are

=st§/452—4r02p2
. 22 2 .
=sij/r0 pT-e =etj (pry) (4.22)

21,2
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The poles have been shifted from their intended location at 2

=*jr The pole angle change can be called A8. Then

0.
tanAe=s/(rop)

=e/r0 (4.23)

and for small A6
tanA6=A9=e/r0 (4.24)
For ¢ on the order of 5x10_u and r0=1, the change in pole
angle due to charge transfer efficiency would also be on the

order of 5x10-u

. If b1=0 because of the filter structure, the
resonant frequency of the filter would be slightly reduced,
and an accurate measure of the deviation from the designed
resonant frequency of 1/4T would give a value for e. For

filters with b1#0, the effect of coefficient inaccuracy would

normally overshadow any effect due to e.

4.4 Dynamic Range of a CCD Filter

The dynamic range of a given CCD filter will depend upon
the requirements of the system of which it is a part. In
general, dynamic range can be defined as the ratio between the
largest signal cépable of being handled by the device or
system and the smallest signal which meets some specified
criterion, such as a minimum signal to noise ratio. The
dynamic range is normally expressed in deciBels. For a CCD

filter, the'iargest signal is usually limited by the




st o . 20w

i

distortion introduced by the filter, which distortion must be
less than some set amount. The noise at the output of the
filter sets the smallest signal level according to the
required signal to noise ratio. This definition of dynamic

range will be used in the following chapters.
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AN EXPERIMENTAL SECOND ORDER CCD RESONATOR

5.1 Design of a Second Order Resonator

A second order sampled data resonator can be constructed
with only one feedback coefficient by setting b1=0, thereby
constraining the poles to lie on the imaginary axis in the 2
plane, as discussed in Section 4.3 and illustrated in Figure
5.17a. Two, one, Or no zeroes can be placed at the origin
depending on whether the output of the filter is taken from
the second delay stage, the first delay stage, or the adder
output respectively (Figure 5.1b). The corresponding transfer

functions are

52
H, (2)= — (5.1)
1+b..2
24
H, (8)=—2—— | (5.2)
1+b..2
2
H, (2)= 1 (5.3)
1+b,2

All three transfer functions have the same frequency magnitude
response, and phase responses differing only in the slope
corresponding to a constant delay of T or 2T. Figure 5.2 shows
the calculated mégnitude response for H(2) with b2=.98. The
narrow filter passband is repeated at odd multiples of wT=w/2
due to the sampled data nature of the filter.

A filter was designed to have a Q of 75. From the

expression for Q, l
) 0 (4.2)
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is found r0=e_|eol/2Q (5.4)
Thus in this case for 0,=n/2, r,=.98958 and b,=r,°=.97927=.98.
An expression relating the minimum and maximum values of

the magnitude response to the coefficient b, can be derived as

follows:
] jwT 1
‘H(ejmT)lmaX=lH(ejw )IwT=w/2=_—__f (5.5)
1—r0
‘H(erT)‘min=lH(eij)IwT=O=;:l_§ (5.6)
r
lH(eij) I 1+r 2 0
- max ___ 0 (5.7)
IH(eij)| 1-r 2
min 0
JuT _ JuwT
or b.,=r 2 lH(e )lmax lH(e )Imin (5.8)
270 JuT _ JjuT :
lH(e )lmax IH(e )lmin

5.2 A CCD Realization of a Second order Resonator

Figure 5.3 shows the realizationAof the resonator using
the ten stage CCD delay line described in Chapter two. A
portion of the output from stage 2 is taken from the
potentiometer slider, a DC bias is added to it, and this
signal is subtracted from the filter input by the CCD input
stage. Measurement of the feedback coefficient b2 directly was
difficult to perform to an accuracy of better than about 2%.
Consequently b2 was calculated from the freguency response
plot using equation 5.8. Figure 5.4 is a frequency response
plot of the filter for a clock rate (sampling frequency) of 40

kHz. The value of b2 calculated from the maximum and minimum
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values of the response is .9839., Also plotted in Figure 5.4 is
the calculated frequency response of a filter with a value of
b =.9839. The EE%T%%££ rolloff of the measured response due to
the oufput sample and hold circuit is evident.

Figure 5.5 shows the output noise spectrum of the filter
with the input grounded, measured with a wave analyzer
bandwidth of 100 Hz (equivalent ideal filter bandwidth =120
Hz) . The sharp peak in the spectrum at the filter resonant
frequency indicates that the noise must originate at the
filter input, since the noise spectrum has been filtered. The
0dB level of the graph is normalized to the filter peak output

level for an input signal level of 3mv RMS. At the resonant

frequency, this filter provides a gain of

|r(ed®Ty |=—1— (5.5)

1—r02

=
~1-.9839

=62.1

Consequently the input signal must be small enough that the
CCD is capable of handling an output signal which is 62.1
times as large. This reduces the dynamic range of this type of
filter as compared to a transversal filter, which does not
require that an enlarged output signal be fed back through the
CCD. Lower-Q resonators would have increased dynamic range.

An attempt was made to measure the exact frequency at

which the peak response occurred, in order to evaluate the
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transfer efficiency ¢ as described in Chapter four. The
however, has a flat top and it was difficult to measure
resonant frequency. A more sensitive method would be to
observé the phase shift of the output signal, since the

changes rapidly with frequency.

peak,

the

phase
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AN EXPERIMENTAL SECOND ORDER CCD FILTER SECTION

6.1 Design of a General Second Order CCD Filter Section

A complex conjugate pair of poles and a complex conjugate
pair of zeroes in the Z plane can be realized by a general
second order section. The frequency response of such a section

will peak at a frequency w

nax Rear the pole frequency u

P
(where ep=pr is the pole angle), and have a minimum at o

min
near the zero frequency W, . If the zexoes lie on the unit
circle, then Woin= %y and the frequency response has a null at
that frequency. Sections may be cascaded to realize a transfer
function of any order. Chapter- seven discusses how second
order sections are used to realize a fifth order elliptic
function lowpass filter. Such filters have transfer function
zeroes on the unit circle, causing nulls in the stop band. The
response of a typical second order section, showing the
frequencies of interest, is given in Figure 6.1.

Of the low pass filter to be described in Chapter seven,
the section having the highest Q pole pair and the zero pair
closest to the filter cutoff frequency was first chosen for
CcCD realization; For this section the pole and zexo locations
are as follows:

+5.6664880
Z,q,p2=-9391153e J (poles)
zz1’22=1.0000000ei3‘°899“7°1 (zeroes)
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Figure 6.1 Second Order Section Frequency Response
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The transfer function is then

1
1

+1.000002 2

+0.8819382

1.00000-1.244052

H(zZ)= -
1.00000-1.476292

2

‘The computed frequency magnitude response of the section
is shown in Figure 6.2. No scaling factor has yet been

applied; consequently the peak has a value

|Eed®T)| __=13.34 4B

max
=4.645

Thus an input sinusoid at a frequency w=w (corresponding to

max
T

|H(e ) is enlarged by a factor of 4.645 at the output of

)Imax
the section. Consideration must be given to ensuring that the
cascade of sections produces the desired overall filter gain,
normally unity in the pass band; this will be discussed in
Chapter seven.

In Figure 6.3 a block diagram is shown of the general
second order section. The signal w(nT), which passes through

the CCD channel, must be scaled so that its amplitude does not

exceed the signal handling capability of the CCD. By

inspection,
w(nT) =x (nT) ~b , (nT~T) ~b,W (nT-2T) (6.2)
W(2)=X(2) -b W (2)2 ™ '-b W(2)2 > (6.3)
B zgg; —1+b1z'1+b22_2 (e

The input signal x(nT) appears as w(nT) at the adder output

modified by a transfer function consisting of the denominator
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only of the section transfer function H(Z). The magnitude
response of H' (Z) is given in Figure 6.4. An input signal
x(t)=Asinwmaxt must be 22.64 dB below the peak signal handling
ability of the CCD. For the CCD's used in this work, a maximum
peak to peak signal level of .7 Volts could be handled;
consequently x(t) must have a value of .052 Volts peak to
peak. A voltage divider is required to reduce the input signal
to this level. The overall gain of the section is adjusted by

scaling the feedforward coefficients by a constant factor.

6.2 A CCD Realization of a General Second Order Section

The second order section presented in Section 6.1 has
been realized using five stages of the ten stage, voltage
sensed CCD described in Chapter two. The staggered arrangement
of feedforward and feedback terms described in Chapter four is
used. The filter implementation is shown in Figufe 6.5.

Three operational amplifiers provide the weighting and
summation of the feedback terms, the input signal and a DC
bias for the CCD. The feedforward terms are weighted and
summed by a secqnd set of three operational amplifiers, the
output of which is sampled and held, then buffered by a
voltage follower to produce the filtered output.

Figure 6.6 is a plot of the measured frequency response

of the filter section. The clock fregquency is 24 kHz. The
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measured response agrees closely with the calculated values
for frequencies higher than 1.8 kHz; below this the response
peak is about .5 dB lower than it should be and Woax is about
63 Hz'higher than the design value. Using the sensitivity
formulae of Chapter four indicates that both |b1| and |b2| are
low by approximately 3%. This is the estimated accuracy to
which the feedback coefficients could be set using an
oscilloscope. The method of measurement was to break the link
between points A and B in Figure 6.5, apply a sinusoidal
voltage with an appropriate DC bias to point B, and measure
the response at point A for the b1 and b2 weighting resistors
connected in turn. The feedforward coefficients, which realize
the zeroes of the filter section, produce ﬁ sharp null in the
frequency response at almost exactly the correct fregquency,
indicating very little coefficient error. These coefficients
were measured by introducing a sinusoidal voltage at points C,
D, and E of Figure 6.5 in succession, and measuring the
response at point F with an RMS voltmeter. The estimated
accuracy for these measurements was *.5%.

Figure 6.7 shows the measured frequency response of the
section, for frequencies from 0 to 50 kHz. The repeated
response shape éue to the sampling process is clearly seen, as
is the §i%%§ég envelope caused by the holding of the output
samples from one sampling instant to the next. The folding

frequency wf/2ﬂ occurs at 6 kHz on account of the two stages

of delay between adjacent feedforward or feedback taps.
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Noise at the output of the section, measured in a 30 Hz
spectrum analyzer bandwidth (36 Hz ideal filter bandwidth), is
plotted in Figure 6.8. The vertical axis is normalized to the
same scale as in Figure 6.7. The level of the first noise
"spike" is 42 dB below the maximum output level of the section.
The spikes occur at harmonics of the power line frequency,
specifically at the third, fifth and ninth harmonics for the
most noticeable spikes. A careful attempt at eliminating
ground loops in the interconnecting wiring reduced the noise
from a much higher level to the level shown. The remainder of
the power line related noise was probably coupled through the
clock pulse leads, modulating the size of the CCD charge
packets.

The expected relative gaiq error of the analyzer used in
these measurements and in those of Chapter 7 is specified as
* 0.25 dB/AB but not more than * 1.5 dB over a 70 4B range.
The frequency response of the analyzer using its own tracking

generator was flat to within the resolution of the display.
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AN EXPERIMENTAL FIFTH ORDER CCD LOWPASS FILTER

7.1 Selection of Pole-Zero Pairs, Scaling, and Ordering of a

Cascade of Sections

A filter of order M made up of a cascade of second order
sections, and a first order section for N odd, has a total of
M=N/2 (N even) or M=(N+1)/2 (N odd) sections. The designer is
normally free to choose which pair of zeroces will be grouped
with a pair of poles, and in which order the sections will be
realized. A total of M! pole-zero pairings and M! section
orderings are possible, producing a total oﬁ (M!)2 different
realizations for N even, and M!(M-1)! different realizations
for i1 odd. For digital filters, a common procedure to find an
optimum (in one sense) realization is to find the structure
which has the minimum ratio of maximum to minimum in-band
magnitude response at all summing junctions, and to scale the
response at each junction so that the maximum expected level
is almost equal to the maximum arithmetic capacity of that
adder [25,26]. A filter in which the accuracy to which the

coefficients can be implemented does not change with the

filter structure, has a transfer function sensitivity Ssiég)
which is independent of pole-zero pairing and section
ordering. This can be seen by noting that all of the (M!)2 or
Ml {M-1)! possible structures can be found by merely

reordering the second order numerator and denominator factors
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of the transfer function H(Z). For external coefficient
weighting using operational amplifiers, as was done in this
work, the coefficient errors of one section are not dependent
on thoée of any other section, and the feedforward
coefficients of any one section are not related to the the
feedback coefficients of that section. Thus any pairing and
ordering could be considered without regard to changing the
transfer function sensitivity.

For CCD implementation of sampled data filters, primary
consideration must be given to the signal handling capability
of the CCD. Thus, as seen in Chapters five and six, the
maximum input signal to the CCD must not exceed a given peak

to peak value. For Di(Z) the denominator of H; (2),

W, (2) 1

= i=1,2,...,M
Xi(Z) Di(Z)

The maximum value of I 13 T I must be scaled to the CCD
) _

Dj (e @ .
operating range by multiplying the input signal xi(nT) by a
scaling factor p; - Figure 7.1 shows a fifth order cascade
filter incorporating scaling coefficients D; . Considerable
savings in hardware can be achieved by incorporating the P;
into the feedforward coefficients of the preceeding section,
ie
Gi .

('.!! :=_l' i=1’2;.--;M-1

13 Piiq
and by making the output adder of each section contiguous with

the input adder of the next section. These changes are shown
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Figure 7.1 Fifth Order Cascade Structure
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in Figure 7.2, The feedforward coefficients of the last
section can be scaled to give the filter any desired pass band
gain.

The criterion used in this work for the pairing of poles
and zeroes is that the ratio of the maximum to the minimum in-
band magnitude response for each section be a minimum. For a
low pass filter, the pole pair nearest the filter cutoff
frequency is taken with the first zero pair in the stop band;
the adjacent pole pair with the next zero pair, and so on.
This procedure ensures that the section with the pole pair
causing the largest amount of "peaking" in the frequency
response (ie the highest Q poles) has its peaking tendencies
reduced as much as possible. Thus the input'to the succeeding
section is as large as possible for all frequencies in the
filter pass band, and the signal to noise ratio is at a
maximum.

Ordering of the sections of the low pass filter to be
described was somewhat arbitrarily done by placing the highest
Q pole pair section first, followed by the next highest Q pole
pair section, and then the first order section. It was felt
that with the reverse ordering, the high ( pole pair section
(the one with the most gain) would amplify all of the noise
from the preceeding sections as well as its own noise
contribution, producing a larger total noise output. Once the
ordering has been decided uvon, an improvement in the scaling

can be achieved. Originally the scaling factors p; were chosen
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to limit the peak response of each section, assuming an input
signal of constant amplitude across the frequency range of
interest. For the second and any succeeding sections, however,
the inﬁut signal has been prefiltered by the preceeding
sections. Thus a better way of scaling for the second section,
for example, is to scale for the maximum value of

N1<e3“T) 1

JuT JuT
D1(e ) D2(e )
which is the frequency response of the first section and the

recursive part only of the second section.
7.2 Design of an Elliptic Function Lowpass Filter

A low pass filter for voice-~band filtering applications,
is designed to meet the following criteria:
pass band ripple .1 dB

stop band attenuation >35dB

transition ratio .75
cutoff frequency 3200 Hz
clock frequency 32000Hz

The order N=5 is found sufficient to meet these
requirements. Thé minimum stop kand attenuation is 40 dB.
Bilinear transformation of the analog design (using the method
of Section 3.#4) yields the following 2 plane pole and zero

locations:
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1.000000eij'89947013

1_000000e¢31.2u2u260

1.000000e 3j3.1415927

.9391153¢%7+6664880

.7765535ei3'5106619

.6441190e J0-0

(zero pair)
(zero pair)
(single zero)
(pole pair)
(pole pair)

(single zero)

Pairing of the poles and zeroes and scaling of each section

according to the method described in Section 7.1, produces the

following coefficients:

p,=-11130
P,=.29274
py=-537057
Section 1 a6=.2927¢
a}=-.36418
a=.29274
b =1.47629
b,=-.881938
Section 2 aj=.537057
aj=-.346403
a=.537057
b,=1.35496
b,=-.603035
Section 3 a0=1.00000

a1=1.00000

b1=.64u119
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A Monte Carlo analysis program determines what effects
random coefficient errors up to a certain maximum value have
on the frequency response of the filter. For maximum
coefficient errors of .2% and .1% the pass band ripple
increases to about .65 dB and .35dB  maximum respectively from
the design value of .1 dB, while the stop band response
remains virtually unchanged. This increase in the pass band
ripple must be taken into account in the filter design
process.

A method of reducing the effect of coefficient error on
pass band ripple is to increase the filter order. Methods have
been presented in the literature for reducing the Q of the
highest Q poles of Butterworth[27] and Chebyshev([28] filters.
These methods involve adding polé pairs while maintaining, as
far as possible, the same filter specifications as in the
original. For elliptic function filters there are four
frequency response variables, three of-which must be
specified;

N - filtexr order
Dp - pass band ripple
D, - minimum stop band attenuation
k - transition ratio =wp/ws
If the order N is increased, while k and D, are held constant, then

Dp is reduced. As an example, two filters, one sixth order and
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the othexr seventh order, were designed to meet the
requirements

k=0.75

D =52 dB
resulting in Dp=0.2 dB for N=6 and Dp=0.01 dB for N=7.
When transformed to the Z plane by means of the bilinear
transformation so that pr=2w/10, the Q of the highest Q pole
pair is 9.0 for N=6 and 8.4 for N=7. Subjecting the filters to

a Monte Carlo analysis produces the results of Table 7.1.

Maximum Coefficient
Error N=6 N=7
.1% 1 dB .16 dB
.2% 1.9 dB .32 dB

Table 7.1 Maximum Passband Ripple Due to Coefficient Error

A considerable improvement in the maximum pass band ripple is
obtained by increasing the order of the filter by dnly one.

More improvement might be expected by further increasing the
filter order, at the expense of greater circuit complexity. This

could be confirmed by using computer filter design programs.
7.3 Realization of a CCD Elliptic Function Low Pass Filter
The fifth order low pass filter design of Section 7.2 was

realized using three CCD's, two of which performed second

order filtering functions and the third a first order




-76~-

function. Operational amplifiers were used for the coefficient
weighting and summing. Figure 7.3 shows the filter layout. The
bias voltages set the DC levels of the input signals to the
CCDh's. fhe output signal is taken via a sample and hold
cixcuit and a voltage follower. All of the coefficient
weighting resistors were accurately preset by using a digital
ohmmeter. The potentiometer at the input to each section was
then adjusted to compensate for the CCD gain, by observing the
frequency response of each section. Most of the coefficient
error can be attributed to this second step, since the
resistor values had an estimated erxrror of about .2%.

The frequency responses of individual sections are
plotted in Figures 7.4 to 7.6 together with fhe computed
frequency responses. The clock frequency is 64 kHz,
consequently the folding frequency is 16 kHz, The measured
responses agree closely with the calculated responses. The
frequency response of the cascade of sections is shown in
Figure 7.7 for two input signal levels, together with the
calculated frequency response. Close agreement is again
observed. An expanded plot of the pass band frequency response
is shown in Figure 7.é, demonstrating pass band ripple of
about .2 4B. 1

Noise at the output of the filter was measured using a 30
Hz bandwidth (36 Hz "ideal" filter bandwidth) with the filter
inpﬁt grounded, Figure 7.9. The noise spectrum has a shape

similar to thé filter function, indicating that most of the
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noise originated at the input to the first second oxder
section. Figure 7.10 is an expanded view of the noise in the
filter pass band, measured in a 10 HZ bandwidth, indicating
that the average noise level is 60 dB below the maximum output
signal level. Power line frequency harmonics dominate the
noise spectrum, however, with a peak level 36 dB below the
reference level.

Harmonic distortion of the filter was measured by using a

low distortion sinusoidal input signal of .7 Volts peak to

peak, and observing the spectrum of the filter output. Table
7.2 gives the measured results for sinusoids of frequencies

from 50 Hz to 3200 Hz.

Amplitude wrt Fundamental
Frequency (Hz) '
2nd Harm. 3rd Harm.
50 -50 dB ~-50 4B
100 -50 -52
200 -u5 -4y
400 -50 -50
800 -49 =50
1600 =52 -59
3200 -53 -60

Table 7.2 Filter Harmonic Distortion

T"he distortion of the filter at 800 Hz is similar to that

measured at 700 Hz for the CCD delay line alone. At this
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frequency each CCD has a different input signal magnitude;
however the scaling ensures that this magnitude never exceeds
.7 Volts peak to peak. Operation at smaller signal levels
would reduce the amount of harmonic distortion introduced by
the CCD, but would also reduce the dynamic range. The precise
signal level to be used would depend on the requirements of

the system of which the filter was a part.
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CONCLUSIONS

8.1 Applications of CCD Recursive Filters

Three recursive CCD filters have been constructed and the
results presented here. Measured results agree closely with
expectations. The ability to manufacture large numbers of
recursive filters with reproducible characteristics will open
to the CCD a range of applications not readily accessible to
transversal CCD filters.

The second order sampled data resonator, or narrow band
pass filter, can be used in place of L-C resonant circuits for
some applications. The filter discussed in dhapter five has
the advantage that its pass band is accurately centred at one
quarter of the clock frequency (except for the small effects
of charge transfer efficiency). Thus the pass band frequency
can be as accurately controlled as can the clock. This is a
useful property for such applications as the recovery of bit
timing from a random sequence of bits. An interpolation filter
might be required to smooth the output signal, since at the
resonant frequency a sinusoid is sampled four times per period
and would give a:jitter in the timing information if the zero
crossings were used. The same filter can be used as a
"tracking" filter, where the resonant frequency changes
préportionally as the clock frequency. Such a filter could

track any harmonic of a signal at the output of a network or
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system, by deriving the clock rate from the fundamental of the
test signal. The use of CCD recursive filters in comb filter
app}ications has been discussed in the literaturel[5].

A more general second order section, where the resonant
frequency can be designed to lie anywhere from zero frequency
to one half the clock frequency, has application in tone
detection circuits. Here it can replace the active band pass
filters sometimes used at present. By incorporating the
coefficient weighting and adding functions onto the same chip
as the CCD, as is now done for transversal filters, the need
for trimming external components will be eliminated. By
suitable manipulation of the coefficients, tone filters can
also become tone generators{3].

Sampled data filters of order higher than two can realize
any transfer function to within a specified error, providing
that N is sufficiently large. Whether or not a filtex can be
realized as a cascade of first and seéond order sections
depends primarily on the coefficient accuracy which can be
achieved. For coefficients based on the ratios of capacitors
integrated on a silicon substrate, 0.1% accuracy has been
mentioned[29]. With this accuracy, many filters with moderate
transition ratios and stop band attenuation to 60 dB can be
realized. The fifth order low pass filter described in Chapter
seven is one such example. The frequency of operation is
dependent upon limitations of the CCD and of the circuitry

used for coefficient weighting and sunming; however CCD clock
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rates of 135 mHz have been reported[30], making the peripheral
circuitry the speed limiting factor. Monte Carlo analysis of
any specific design can show the practicability of realizing

it or not with CCD's.
8.2 Conclusions

This work has shown that sampled data recursive filters
can be realized using CCD's as the tapped delay line element,
and by using operational amplifiers as coefficient weighting
and summing elements. Recursive filters are capable of
approximating a desired filter response with fewer delays than
transversal filters, and thus promise smaller integrated
circuit chip areas if the weighﬁing and summing circuitry is
sufficiently small in area. An extreme example of the benefits
gained by using a recursive filter is a comparison of the
sampled data resonator described in Chapter five with a 500
tap CCD transversal filter[31], which has essentially the same
frequency response. The sampled data resonator has the
simplest recursive filter structure, yet is useful in several
applications. It has been shown that the effect of charge
transfer efficiency on the frequency response characteristics
of second order recursive filter sections is slight, and can
be disregarded in most cases. More complex filters of order N>
2 should be realized by a cascade of second and first order

sections in order to minimize coefficient sensitivity.
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The bilinear transformation is a convenient way of using
tabulated data for continuous-time filters in the design of
sampled data filters. More general design methods are
available, and are required for filters not having
Butterworth, Chebyshev, or elliptic characteristics. The
designer is free to choose the relationship of the pass band
frequencies to the sampling frequency, subject to the effects
of coefficient accuracy. Increasing the sampling rate with
respect to the filter pass band requires greater accuracy
while simplifying the aliasing problem, and vice versa. It was
shown by an example that increasing the order of the filter
while maintaining the same transition and stop band
specifications for an elliptic filter can ease the coefficient
accuracy problem,

Further work can be done in optimizing both recursive
filter structures and the CCD's to realize them. The problem
of output noise with respect to section ordering has been
studied for digital filters[25], but should be studied for
analog sampled data filters. Low sensitivity structures such
as ladders[32] and wave digital filters[33] should be studied
for CCD implementation. As for the CCD itself, work can be
done on increasihg the dynamic range by handling larger input
signals at reduced distortion levels. The CCD must be
optimized to have stable and predictable gain characteristics
so that coefficients can be accurately realized. Split

electrode coefficient weighting should be tried for recursive
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filters. Finally, the possibility of using the CCD charge
packets themselves as feedback signals instead of using the

present voltage to charge to voltage conversions should be

studied.
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APPENDIX A
Quality Factor of a 2 Plane Pole

An expression for the Q of a pole in the Z plane can be
found by transforming the approximate expression for the Q of

in the S plane:
w
:-—2—0—-— S
%

a pole at S0

+jw (A1)

0 "0

using z=e5T (standard Z transform)

=e50T

j90=e(co+jwo)T

0
roe
r0=e°0T : (a2)

=g . T ' (A3)

“o0 %0

substituting (A2) and (A3) in (A1):

OOT

Q==57 In T,
0
0<0 . <w (AL)

T2 1n r, 0

To test the accuracy of this approximation with respect
to the 3 dB bandwidth formulation of Q, consider the resonator

with poles at .99217e*37/2;

H(Z) 1 5

1+.98442

1
1+.9844e

JuT
H(e ) -2jwT

1
{(1+.9844 cosZmT)2+(.9844 sin2wT)2}

3
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To find the frequencies at which the response is 3 dB down

from the peak, set

|5(e3%T) |2

IH(erT) lrﬁax

1. J T . _
=5 i |H (e )Imax is at wT=n/2

[ (1+.98414 cos2eT) 2+ (.9844 sin2eT) 2}

{(1-.9844)217]

=1
2

(1+.98440052mT)2+(.98Qusin2mT)2=.00048672
1+1.9688cos2uT+.96904336=.00048672

w0T=1.56293u7, 1.5786580
Since Q can be defined as

Q_centre frequency
3 dB bandwidth

0 w/2
1.578658-1.5629347

=99 _,90
and from

%

Q='_2 in ro

0= /2
T 2 1nv.9844

=99.90
Thus, for large Q, (Al) gives an accurate measure of pole Q.
Similarly, for a-filter with b,;=0 and b,=.7304027, Q=5.00 by
calculation from (Al), and Q=4.96 by calculating the 3 dB
frequencies. Thus (Ah) appears to give a close approximation

of 7 plane pole pair Q for any value of b2.
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