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ABSTRACT 

Light detection and ranging (Lidar) is a remote sensing tech

nique just as Radar, but operates at optical rather than microwave 

frequencies. Lidar systems derive information on atmospheric parameters 

via atmospheric scattering and absorption of laser radiation. 

Development of electronics capable of handling the lidar. return 

are documented. Developments include statistical expressions for 

systematic and random errors in A/D converter measurements followed by 

application to the lidar electronics. The electronics utilize gain 

switching, a type of discrete AGC involving a cascade of linear ampli

fiers to allow .3% measurement accuracy at all signal levels of a 75 dB 

dynamic range return. This yields a system dynamic range of 125 dB. 

Signal noise characteristics dictate that the amplifier bandwidth is 

tapered from 2 MHz to 125 KHz to maintain the desired measurement pre

cision. 



CHAPTER 1 

THE LIDAR MEASUREMENT 

Lidar is an acronym for Light Detection and Ranging and is a 

remote sensing technique just as the more familiar Radar, or Radio 

Detection and Ranging. These two do not differ in principle but rather 

in the frequency of the emitted radiation, optical vs microwave. This 

then dictates the technologies used in each system as well as the types 

of information each is best suited to acquire. The data acquisition 

electronics documented in this thesis are for a lidar to vertically 

profile the atmosphere for ozone concentration. This system is also to 

be capable of handling the return from a tunable dye user to profile for 

aerosol structure. 

1.1 Introduction 

The principles and practices of lidar are well documented 

(Hinklej, 1976) so that only a brief overview pertinent to the specific 

system wi 11 be presented. The radiation source is an Excimer laser and 

the detector consists of coaxial receiving optics focused onto a photo-

multiplier tube (PMT). In operation, a pulse of laser light, typically 

twenty nanoseconds in duration, is discharged into the atmosphere and 

attenuated in its forward progress in two ways. First, scattering off 

of particulates and second, from molecular absorption. These two 

1 
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mechanisms, increased scattering due to the presence of particulates and 

decreased scattering due to presence of absorbers, are actually respon

sible for the information content of the lidar return. Of the light 

scattered, a fraction of it, now no longer collimated, proceeds to the 

collection optics, but is attenuated by a third mechanism, an inverse 

square rule dictated by the geometrical constraints. In this lidar 

ozone is detected via the molecular absorption mechanism, requiring the 

radiation source to emit at a strong ozone absorption line. This 

coupled with the high power requirements to compensate for atmospheric 

losses dictate the usage of a laser. In this case, the Excimer 

typically emits 135 mJ at an average power level of 6 MW at 308 nm with 

a one Hertz repetition rate. 

The dependency of back scattered power on properties of the 

atmosphere is given in the single-scattering lidar equation (Schotland, 

1974) below. 

P ( Z )  =  S ( Z )  e x p  [  - 2  !Z (3 + P k )  d r ]  
2 Z 0 

Z = vertical axis defined by the laser pulse, perpendicular to 

the earth's surface (M) 

P(Z) = measured instantaneous power backscattered from the laser 

pulse (W) 

J = energy content of the emitted laser pulse (J) 

O 
A = effective receiver area (M ) 

3(Z) = atmospheric volume backscattering coefficient (M -1SR_1) 
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3 = total volume extinction coefficient (M~*) 

3 
p = density of absorbing gas (Kg/M ) 

K = absorption coefficient of profiled gas (M /Kg) 

n = system efficiency 

c = speed of light (M/S) 

In this equation we see terms for each of the three attenuation 

m e c h a n i s m s  m e n t i o n e d  a b o v e ,  a l l  o f  w h i c h  a r e  f u n c t i o n s  o f  Z .  g  ( Z )  

represents the particulate scattering mechanism and has an approximately 

decaying exponential dependency on Z due to decreasing density of the 

atmosphere, the integral accounts for the cumulative loss of pulse 

energy due to absorption and finally the inverse square term. The 

actual dependency ofp on Z has been observed to show a maximum at an 

altitude of approximately 30 km. The primary cause of the effect can be 

understood by first observing that UV and oxygen are the necessary 

reactants for the formation of ozone. As a function of increasing Z, 

oxygen concentration decreases as the atmosphere becomes rarified while 

UV concentration increases for the same reason, decreased density of 

molecular absorbers. It is these opposing trends in concentration of 

reactants that leads to the 30 km density maximum. 

Proper design of the system requires a good idea of the 

chara c t e r i s t i c s  o f  t h e  r e t u r n .  T o  t h i s  e n d ,  f o r m s  f o r  $  ( Z )  a n d p ( Z )  

were assumed and then used with Eqn (1.1.1) to generate a sample re

turn over the Z interval of .5 to 40 km. The results are tabulated in 

Appendix A. The important thing to be noted at this time is that the 
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dynamic range of the signal itself over the system range of 7 to 32 km 

is 75 dB. This is the dominant characteristic of the return, large 

dynamic range. Due to this, detector noise is a significant problem and 

dictates multiple measurements and data averaging. The time frame for a 

retu (rn from 30 km is 200 pS, due to the net lidar speed of c/2 since the 

optical path length from an altitude of Z is 2Z. 

The experimental objectives of this lidar are to measure ozone 

concentration to a minimum accuracy level of 3% at all altitudes in the 

7 to 32 km range. This means that the accuracy requirements are stated 

as a fraction of signal level rather than as a fraction of full scale. 

To measure the density of the gas, the pulse must pass through a 

sufficient volume of the atmosphere to ensure a change in backscatter 

significant enough to enable accurate measurement. This means that p 

itself cannot be measured, but rather p, an average of p over the volume 

element necessary for measurement. With this consideration in mind, Eqn 

(1.1.1) will be used to develop an expression for p. We begin by 

rewriting (1.1.1) in the following manner: 

2 
- — =  C  e x p  [  - 2  s z  ( 3  +  p k )  d r ]  ( 1 . 1 . 2 )  

e  ( z )  o  

w h e r e  
£ _ n c J A 

2 

Next form the ratio of (1.1.2) evaluated at Z with (1.1.2) evaluated at 

Z + Z; 

1  —  P  ( z  +  A  z )  =  e x p  [ 2  /  Z + A  Z (  3 + p  k ) d r ]  
( Z  +  A Z ) 2  P ( Z  +  A Z )  3  ( Z )  Z  
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Since -y, P  and K are all functions of Z and satisfy the conditions of 

the mean value theorem by physical arguments, then the argument of the 

exponential may be replaced with an average term multiplied by AZ. The 

average term is then the integrand evaluated at a point within the Z to 

Z+AZ interval, denoted by Z'. This results in; 

8(Z+AZ) = exp [-2[T,(Z-)4P(Z ')K(Z')]«] (1.1.3) 
(Z+AZ) P(Z+AZ) 6(Z) 

Logging both sides of (1.1.3) and solving for ( K -*) results in, 

P(Z') ! PIZL MZLIII] .Y(114) 
2K(Z')AZ (Z+AZ)2 P(Z+AZ) 8( Z )  K(Z') 

Now it should be recalled that, in general, for each experimental return 

or outcome of the stochastic process the value of Z' is not necessarily 

unique within each return and further, will not be the same from return 

to return. This means that Y(Z'), P(Z ') and K(Z') are random variables. 

To eliminate concern over the non-uniqueness of Z', these random vari

ables are replaced with 7, p^ and "R, the unique, spatially averaged 

values associated with one return. Making this substitution we get the 

desired expression for the value of average ozone density for a particu

lar lidar return. 

P = i „ C _ 2  m i -  f i l S S Z l ]  .  J L .  ( 1 . 1 . 5 )  
2K4Z (Z+AZ)2 P(Z+AZ) 6(Z) I  
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1.2 Error /\nal,ysis of the Lidar Equation 

The next step is to -formulate an estimate of the ensemble 

average of p"using the multiple experimental profiles. This analysis 

will follow along the lines of Papoulis (1965, pg 212). Due to the 

seven independent variables in the lidar equation the following defini

tion wil 1 be used; 

<Y> = expectation value of the variable Y 

Y* = est inate of V 

x . = i independent variable 

7. = expectation valu€ of x 

^ = vector of the x. 

A = vector of the x. 

y . .  =  c o v a r i a n c e  o f  x .  a n d  x .  
1J ' J 

V 

. . = summati on over all distinguishable pairwise 
1 permutations of i  and j 

We begin first by expanding a general non-linear function of 

the lidar variables, g (x), in a Taylor Series about A. 

S a 3 < A )  
g (iL) = 9 ($ *- -i (xi -*-,•)* 

1 2 329^ (x. - X ,  )  ( k ,  - 7.) + . . . . (1.1.6) 
J jk.3Xj 

J ® 

Truncating (1.L.5) above second order terms replaces g (x) with 

g (x)* since the resulting expression is no longer exact. Taking ex-

pected values of the resulting expression results in (1.1.7). 
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3 2  g ( A )  

< 9 (#)> = fl<4>+* ijj fxTlTT "ij t1-1*7) 
' J 

Associating with g then generates the following; 

* j. i £ 3^P" 
< ? > - < ! » + > • *  3 ^ - 5 J 7  " i j  ( 1 . 1 . 8 )  

Next the expression for is desired. By definition: 

°2_ = < [P* ( V  ~  v  ( V >  ] 2  >  

=  <  l>* ( £ ) ] 2  >  -  <  V *  (J£)>2 (1.1.9) 

Interpreting (1.1.7) with g = fer *(X)]2 yields; 

( A )  
j ^ 

j '"I " jaxi 

Substituting (1.1.7) and (1.1.10) into (1.1.9) yields; 

r *mT> - - o + y /9p^^ dpK& + <p> \ ,, m •, in\ <Lp (X)]2> - <p>2 + .Zj (-g-- M i j  (1.1.10) 

._(A) ._(A) 

- ij ]  " i j  (1 '1,11)  

There are a number of observations to be made about the results so far. 

First, that the dependency of the y. . on the signal averaging has not 
' J 

yet been determined. Second, by recalling (1.1.6) and (1.1.7), any 

estimate of a nonlinear function of the lidar variables will be biased 

due to the dependency on the higher moments of the independent variables 

introduced by the function. Another way of saying this is that, due to 

the nonlinear nature of g, the set of independent variables that gener

ates the mean of the function is not, in general, the same as the mean 

of the independent variables themselves. This problem is not very 

severe, however, in that it is introduced by the action of a known 
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function. It is, however, somewhat complicated by the fact that all the 

coefficients of the moments in the expansion are evaluated at These 

quantites are then not known, but can be estimated. Each of these 

considerations will be dealt with in turn. 

The method of signal averaging will be decided upon next. There 

are two possible approaches, first computing "p values from the raw data 

and then averaging the resultant values of 7, or first averaging the raw 

data and then computing p\ To evaluate the first alternative we need 

the expression for the expected value of the estimator formed from N 

measurements. 

< p > 
* 

= <p> + % 

* 
< p  > =  < p > +  

( 1 . 1 . 1 2 )  

This result, identical to (1.1.8), is to be expected since (1.1.8) is 

the expected value of "p*. 
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In the second case, <p"*> is evaluated directly from (1.1.8) using 

the yij resulting from the averaged raw data. Since the expected value 

of the sample mean for each of the independent variables is 7^ , due to 

the independence of the N measurements, we write the expression for the 

covariances of the mean after N measurements, m.., as; 
i J 

mij <C (W mil xiJm " xi ]  [  nil Xj>m " xj J > 

* (  xi^ " N xi' < [mli xj} " N xj ) " 

= 7 ' til (xi " xiU tm-1 (x: " xj'm ^ > 

= Z?< N <xi " X1 ' <xj " xj> > 

N' M ii 
£ (1.1.13) 

Substituting this into (1.1.8) results in the alternative expression for 

< •£*> 

<P*> = <p> • % ^ (1-1-W) 

Here we see, comparing (1.1.14) and (1.1.12), that both esti

mates are still biased for finite N, but that the second method yields 

an unbiased estimate in the limit as N grows unbounded. Similar con

clusions hold forq£*. The bias is not present in• aj**» but the second 

method of averaging the raw data diminishes a|* by 1/N over the 
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first case. Therefore, the second method is the correct one and it 

promotes consistency within the calculations with the assumption of 

significance of only moments less than or equal to two. 

The second problem takes a little more work. Solving (1.1.8) 

for assuming N measurements yields, 

<p> = < p*> - 1/2 .z. (1.1.15), 
' J  a x .  a x .  N  

J l 

Clearly the form of the second derivatives is known, but the point 

of evaluation is not. Determination of $ can, in fact, in light of the 

discussion of averaging, be thought of as the object of the measurement. 

This is a significant problem since the bias introduced by not subtract

ing the second derivative terms is of the same order as a?*, which is to 

be used to set the confidence levels on "p. Therefore, an estimate of 

these types of terms is needed for both <?*> and o?*. Beginning with 

the second derivatives for the mean, we can use (1.1.7) to immediately 

write the desired result. 

ibl . ifiii1 . i x _JL_ fimyjL iulA6) 
a x .  a x .  a x .  a x .  '  a x  a x .  a x . a x .  N 

J " J 1. K J 1 

Similarly for the first derivatives for the variance. 

^ .< 3VM ,,,.) 
a x i  a x^ 1 k,£ a xa£xk 3 x i  N 
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Substitution of (1.1.16) into (1.1.15) yields, 

2 g2j)-(X)* P j -
< P >  =  < p r * >  -  uz ,  z .  < i - £  >  - I I  

J 9x. 3x. N 
J « 

+ 1 / 4  i ! j  [  k V — — a  ( 1  j  i 8 )  I . J  g x  a  3 x . a x .  N  N  ( 1 . 1 . 1 8 )  
K J 1 

Since the double summation in (1.1.18) is of an order higher than two, 

it can be dropped and still be consistent with the assumption already 

used. Therefore, the final result for <p> is, 

3V ($* pii < p > = <P *> . 1/2 z < —E _Li (1.1.19) 
'J 3x. 3x. N 

J ' 

Proceeding similarly for the variance, 

„2_*= .i. (<iS_ixl>. i i s2 r8^-' ] -A1,. 
p fc, 7 k, l8Vxt », J N ' 

(< •£g-^-- i  I —] Li1)* (1.1.20) 
xj 3xk3x 3 Xj N N 

Dropping terms of order greater than two, 

= i. < m 
1,J »xi axj N 

To summarize this procedure then, what has been done was to expand the 

nonlinear equation forp" in a Taylor Series and then assume that a 

second order analysis is sufficient. (This should be checked with the 



12 

raw data by calculating the terms containing third order moments.) At 

this point it is recognized that <p"*> is biased from <p> by an unknown 

term and that a2* cannot be calculated. The unknown terms are then 
v 

estimated using the experimental data. What this means is that, since 

the expansion represents the functional form of "p, a different function 

for "p is used depending upon the outcome of the repeated trials experi

ment. However, the effect of using the different functions of a higher 

order than initially assumed necessary for the error analysis, assuring 

self-consistency. 

The last task now is to form the expression for ap/<p>. We note 

that since cr£* had no bias in it, it is equal to o.£, enabling us to write 
P  P  

3 p * < V  3 p * < * >  
> < > Tj 

OP _ r 1,j '"I "J ~T Js 
< T T >  "  < " * = •  -  %  1  T ~ M X )  V  (1.1.22) 
<  P  >  H  I J  D 2 P  Y J J  

< 9X . 3X. > N 
J  1  

Equation (1.1.22) is completely general and as such represents the end 

result of the error analysis of the lidar equation. However, a differ

ent form of it will be used in designing the electronics and testing the 

quality of the experimental data. This is because the lidar measurement 

i s  o f  P ( Z )  f o r  a l l  Z ,  s o  t h a t  i n d e p e n d e n t  m e a n s  f o r  m e a s u r i n g  S ( Z ) ,  Y ( Z )  

and K(Z) at the time the lidar data is taken, strictly speaking must be 

accomplished. Instead, to evaluate the lidar system itself, typical 

functions with no associated variance will be assumed. This means that 

only P(Z) and P(Z+AZ) will be considered as independent variables. The 
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average values of P(Z) and P(Z+AZ) determined by the experiment will be 

denoted by P(Z) and P(Z+ZZ). Utilizing Eqn (1.1.5), the necessary 

derivatives are calculated. 

3~p _ 1 _1 3~p = 1 1 

9'RTI 2KAZ P(Z) 3P(Z+AZ) 2KAZ P(Z+AZ) 

a2? = c 
aP(z) aP(z+Az) 

Substituting into Eqn ( 1 . 1 .22) generates (1.1.23). 

1 ,2 4 ,"' (zt*2) ,2 , "2P»lPfZ^Z>i u 

°P . 1 U P(Z] I  *  1  P ( Z U Z )  >  -  P(Z) P(ZtaZ) J *5 

< T > r  r_i!_ B(Z^Z) P(Z) ! . I 

(2MZ) 6 (Z) P(Z+aZ) Tt 

Eqn (1.1.5) and (1.1.23) are the necessary functions to evaluate ozone 

concentration along with the assumed functional forms for b(Z ) ,  y( Z )  

and K(Z). Eqn (1.1.23) dictates that the aP(Z)/[N]PJs(Z) type terms be on 

the order of .3$ in order to achieve 3% accuracy in ozone concentration 

assuring Z on the order of .5 km. This is because evaluation of the 

log term in the denominator of (1.1.23) typically results in values on 

the order of .1 . If the magnitude of Z is increased, then greater 

accuracy can be achieved, but at the loss of spatial resolution. 

As a last note, the "lidar system to be described will be used in 

further experiments designed to eliminate the need for assumption of the 

3, y and K functions- In this technique, called DASE for Differential 

Absorption of Scattered Energy, two different laser lines are used. One 
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is tuned to a molecular absorption line, the other is not. Then the 

assumption is that by looking at essentially the difference in the two 

returns, the particulate scattering effect will cancel, leaving only the 

molecular absorption information. For further information see Schotland 

(1974). 



CHAPTER 2 

SYSTEM CONCEPTS 

As discussed in Chapter 1, the dominant characteristics of the 

lidar return are the large dynamic range, presence of detector noise and 

the signal measurement accuracy requirements of a fraction of signal 

level. To promote clarity of exposition it is easiest to present an 

overview of the analog return processor and the overall system architec

ture first and then discuss the design criteria used in the selection of 

the specific system structure. 

2.1 Analog Return Processor 

A block diagram of the analog portion of the system, the Analog 

Electronics Module (Figure 2.1.1), and an overall System Block Diagram 

(Figure 2.1.2), and a table of system parameters (Table 2.1.1), are pro

vided for reference. This particular approach to handling the lidar 

signal, called a Gain Switching Amplifier (GSA), selects the output of 

one of a cascade of linear gain blocks to provide the input to the 

recording device, an A/D converter, to achieve a discrete type of AGC. 

The GSA concept has been used before. See Spinhirne (1974). 

The Analog Electronics Module contains all analog functions 

necessary for the GSA. There are three of these functions, the Analog 
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Table 2.1 Analog Return Processor Tables 

Stage Gain* 
Bandwidth 

(MHz) t > i a s  
(V) 

Comparator 
References (V) 

Range of 
Altitudes 
Profiled 

(km) 

0 20.35K 2.0 2.927 .833 7 - 10.5 

5.19 2.0 2.830 .833 10.5 - 14.5 

4.97 2.0 2.800 .833 14.5 - 19 

3.66 2.0 2.530 1.36 19 - 21.5 

2.48 .5 2.500 1.36 21.5 - 26.5 

2.48 .125 2.500 1.36 26.5 - 31.5 

2.48 .125 C.C00 1.36 31.5 - 37 

* Dimensionless unless otherwise specified. 
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Signal Processor itself, comprised of the amplifier chain, filters, 

filter receivers and summing amplifier and two test functions. The 

first test block is the Exponential Generator and provides a lidar-like 

signal and the second is the DAC Calibrator and is used in calibrating 

the A/D. The purpose of this section is to explain the central concept 

of the GSA, the Analog Return Processor. The testing functions will be 

covered in detail in the next two sections. 

To proceed, it is most straightforward to walk through a typical 

experimental trial. To begin the amplifier chain must be initialized. 

To minimize DC errors, each amplifier of the cascade has an Auto-Zero 

circuit associated with it which is always in a track offset mode that 

nulls each amplifier's input offset. The logic puts the Auto-Zero in 

the hold made to preserve DC response while the lidar return is in the 

amplifier chain. Therefore, the initialization is completed after the 

Analog Electronics Module has received the AZ HOLD REQ signal from the 

timing block and transmitted the AZ HOLD READY signal back. Immediately 

after this transaction the laser is discharged by the timing block. The 

logic then waits a delay period for the backscatter from the desired 

altitude to begin profiling to reach the collection optics. At this 

time the detector, a photomultiplier (PMT) is turned on and the lidar 

signal enters the amplifier chain. For details of the collection optics 

see Alejandro (1983). The PMT then converts this light into an output 

sink current which Stage 0, a transimpedance gain cell, uses to generate 

a positive output voltage signal with the capability of driving a 50 ft 



load. This 1s necessary to drive the cable connecting the detector 

on the roof of the PAS building to the rest of the data acquisition 

electronics on the floor below. The signal at the cable termination 

resistor is split to two paths, one way through the gain chain and one 

way to be filtered. As is clear from Figure 3.1, there is no real 

difference 1n the nature of the signal paths of the outputs of each of 

the individual gain stages. Therefore only the Stage 0 path will be 

discussed further. After passing through the filter block the signal is 

Inverted and summed with a DC offset in the Filter Receiver block. 

After being inverted, the return signal is a negative voltage. 

This was a requirement when an earlier configuration for the Summing 

Amplifier was used which could only switch signals in the -10V to +5V 

range. The current version of the Summing Amplifier will pass signals 

over a ±11V range. Because of this Stage 0 can now be either of two 

configurations, a transimpedance cell or a PMT anode terminating re

sistor followed by a voltage gain stage. This latter configuration 

will result in a negative output voltage for Stage 0. The trans-

impedance configuration is still preferred because it results in a 

noninverted output waveform for the A/D to record. 

The offset is necessary to bias the A/D for the desired accuracy 

and is discussed further 1n Section 3.4. The Filter Receiver block also 

contains a comparator that detects if the signal 1s not too small for 

Stage 0 to be considered as the analog data path by the Stage Control 

logic. The signal then, 1f 1n fact Stage 0 has been selected by the 

logic, will pass through the analog multiplexer, the Summing Amplifier, 



which inverts the signal again, and via the Analog Out terminal, to the 

A/D for recording. 

There is also one extra state that the amplifier can be in which 

is not obvious from Figure 2.1.1. This state, Stage 6, is characterized 

by removal of the A/D bias in the Filter Receiver blocks. As mentioned 

earlier, the bias is to achieve the desired measurement accuracy, but if 

the signal becomes smaller than the bias, the A/D clips. In this situa

tion it becomes necessary to remove the bias. This allows the system to 

track the signal until it falls below the threshold of detectability. 

Even though the .3% measurement accuracy is not attainable in this case, 

it does make available some information about the highest altitudes that 

would be lost otherwise. In addition, once the signal is gone, the 

stage allows sampling of the background radiation. 

2.2 System Architecture 

Reference should be made to Figure 2.1.2, the System Block Dia

gram and Figure 2.2.1, the System Timing Diagram for this section. Now 

that the basic concept of the measurement is clear, the next steps are 

to discuss the internal sequencing actions of the GSA logic and then the 

overall system control by the PDP-11/23. For a more detailed under

standing of the logic operation, the logic circuitry is documented in 

Appendix B. 

In order to explain the logic operation, a typical experimental 

trial will be walked through just as in Section 2.1. The PDP-11 issues 

a shot request to the timing block which in turn initializes the Analog 

Return Processor as discussed in Section 2.1. These two events are 
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asynchronous to the timing blocks' internal sequencing clock. This 

1 yS period clock serves as the synchronizing reference for coordinating 

all the other subsystems once the asynchronous period is over. The 

AZ HOLD READY line is next gated with the sequencing clock to enable the 

delay counter, a process requiring on sequencing clock period. After 

this the timing block issues the FIRE LASER pulse which initiates 

immediate discharging of the laser as well as beginning the countdown of 

the delay counter. This delay serves to, as mentioned in the previous 

section, allow the backscatter from the desired initial altitude to 

reach the PMT. After the delay has timed out the timing block issues 

two commands, the A/D TRIG to initialize the A/D and the BIAS ENABLE to 

the Stage Control block. The latter line will, in turn, cause the Stage 

Control logic to place the bias on the Filter Receiving blocks in the 

Analog Return Processor via the BIAS CONTROL line. The next pulse of 

the sequencing clock initiates the data acquisition interval. The 

timing block turns on the PMT via the PMT GATE line, sends the 5 MHz 

sampling clock to the A/D, Stage Control and Stage Tracking Register 

(STR) blocks and enables, via the SWITCH ENABLE line, the Stage Control 

blocks for monitoring the amplifier chain via the Stage Request Word. 

During the data acquisition phase the Stage Control logic is continu

ously monitoring the Analog Return Processor in order to ensure proper 

gain stage selection. 

Due to the very short period of the Sampling Clock in comparison 

to the DRV-11 data transaction cycle time, the GSA has two fast buffer 

memories. One for the A/D data, located in the A/D and the other, the 



STR, which keeps track of the gain stage of the Analog Return Processor 

associated with each A/D sample. After the timing block has sent out 

4096 rising edges of the Sampling Clock the logic resets itself in anti

cipation of the next return. The STR also independently places itself 

in the read mode in anticipation of the data transfer. False retrigger-

ing of the timing block at any time in the above shot sequence is pre

vented by the SHOT REQUEST line being internally disabled until the 

logic resets. 

At the termination of the Sampling Clock, the data transfer 

sequence to the PDP-11 begins. In the scheme to be described, the 

information to be transferred is a fourteen bit word as the four STR 

bits and the ten A/D bits are concatenated on the bus. While both 

memories receive handshaking signals from the PDP-11, only the A/D 

transmits handshaking signals back. Therefore the computer assumes that 

if the A/D is ready to transmit data, then so is the STR. The approach 

was taken to minimize hardware complexity and bus cycle times. It works 

because the STR contains 15 MHz memories while the A/Ds1 are 10 MHz. 

To begin the transfer, the A/D asserts the Digital Output Grant 

line, DOG, to signify to the computer that a new data record is 

available. The PDP then, because it has been continuously monitoring 

this line since issuing the shot request, recognizes this and then 

issues an External Word Request by dropping low the EWR line of the STR 

and A/D. When the A/D has fetched the first word from its memory and 

let it stabilize on the bus, it raises a flag, FLG, to signify valid 

data on the bus. The computer then strobes the STR and A/D word off the 



bus. This sequence is repeated until the PDP has taken as many data 

samples as it is programmed to. At this point the PDP issues the Output 

Stop Request, or OSR, which both terminates digital data transfer and 

causes the resetting of both the A/D and STR memories for a new data 

acquisition sequence. Immediately after this the A/D goes into a dis

play mode in which X and Y axis signals are provided to drive a CRT. 

The features of the GSA that have not yet been mentioned 

specifically are in the Mode and Stage Control blocks and are for 

testing purposes. These are manually selected options. In the Stage 

Control block there are two switches, BIAS JAM which can be ON or OFF, 

and GAIN SWITCH/STAGE JAM. The BIAS JAM, when ON, puts the bias in the 

Filter Receiver blocks at all times. This is used in conjunction with 

the GAIN SWITCH/STAGE JAM switch. Gain Switch has already been ex

plained. Stage Jam simply forces the GSA into one gain stage. If 

this is selected and the Bias Jam is on, then the individual Stage A/D 

biases are easily adjusted. If Stage Jam is selected but the Bias Jam 

is off, then the gain stages can easily be checked for the character of 

the noise present. 

The Mode Control block has CAL/PMT options. The CAL option 

allows calibration of the A/D and will be discussed in more detail 

subsequently with the PDP-11. The PMT position selects the PMT and 

Stage 0 as inputs to the Amplifier Chain. The EXP position selects a 

transient waveform generator, the EXP Generator, as input to the 

amplifier chain. There are two types of options in this generator, 

presence or absence of noise in the signal, controlled by the 
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NOISE ENABLE line, and choice of two line constants, 4 or 16 uS and 

controlled via the TAU SELECT line. More about usage of these will be 

presented in Section 2.3. 

The PDP-11/23 acts as a system controller as well as the data 

analyzer. There are a number of tasks performed as the controller and 

this will be outlined next. Several of these functions have already 

been mentioned above. One is to monitor an internal line clock to 

generate the 1 Hz repetition rate for profiling. Another is to address 

into the timing block to set a flip-flop that only blocks the LASER FIRE 

signal. This allows the GSA to acquire background noise. Depending 

upon programming the PDP can either load a predetermined value into the 

Delay Counter and then read back the register to verify initialization 

or read the delay requested by the operator from the front panel of the 

timing block. The range of delays available in either case ranges from 

zero to 99 in 1 uS increments. The same two options exist with respect 

to the initial gain stage, any one of the seven, the GSA is in when the 

PMT is gated on. For example, when the background noise is profiled, it 

is most desirable to begin in the highest gain stage, the one without 

the A/D bias. The computer can also store the raw data on the hard disc 

for future analysis. 

Other major system functions use a programmable voltmeter, the 

Fluke 8502A. One of these is to measure a voltage output by the Energy 

Monitor which is proportional to the laser pulse energy. This allows 

normalization of Hdar returns to account for variations in the laser 

output. The other function is to automatically carry out a DC 



calibration of the A/D. This requires the operator to select the CAL 

switch position on the front panel of the Mode Control block and 

parallel the Fluke Input with the A/D analog input. The switching to 

CAL activates a relay to disconnect the Summing Amplifier from the 

Analog Out terminal of the Analog Electronics Module and replaces it 

with the DAC Calibrator. The computer then steps the DAC through the 

full range of the A/D input window using the LD1-A, LD1-B, SRI and STB1 

lines. When the digital code output by the A/D begins to change, the 

DAC voltage is read with the Fluke. This then allows a calibration 

table to be set up with the PDP for processing the raw data. 

The computer has been programmed to process run-time commands 

entered from the keyboard. These commands include printing out the raw 

data for operator examination, discarding data runs, printing out the 

state of the electronics and in the case of a computer crash, restarting 

the experiment where it was interrupted. To facilitate debugging hard

ware, there are test programs that run the DRV-11 output lines through 

appropriate sequences to assure continuity of the logic paths as well as 

monitoring routines that look for system problems. An example would be 

detecting a data transfer sequence hangup specifically because the FLG 

signal was never asserted after the 231st data word was transmitted. 

The data analysis capability has not yet been fully exploited 

due to the effort expended in getting the hardware in place. At this 

time the only analysis program essentially does signal averaging in real 

time, printing out return power levels and S/N ratios every 100 shots. 

This allows the operator to be sure that the system is performing 
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properly over the time period necessary to obtain a profile to the 

desired accuracy level. 

2.3 Design Criteria 

While the concept of the GSA is simple enough, there are a 

number of aspects of the design problem that require close attention 

since each places independent restrictions on system functions, 

electrical specifications and mechanical construction. 

2.3.1 Minimization of External Noise 

External EMI and 60 Hz contamination of the analog signal are of 

concern. The 75 dB dynamic range of the signal means that the output of 

the PMT and Stage 0 combination, being located approximately 35 feet 

from the GSA proper, requires shielding of the detector electronics, 

associated power supplies and the signal cable. Further, due to the 

high gain of the amplifier chain within the Analog Electronics Module 

and the ground loop and RFI contamination paths due to connection to 

the logic and computer, opto-coupling to the analog circuits was 

found to be necessary. 

The 60 Hz problem is solved by not allowing AC power into the 

box. Rather, DC power is brought directly to the back-panel. As an 

added precaution, all I/O lines and the DC power do not come directly 

into the box but rather into a shielded box attached to the back panel 

of the Analog Electronic Module. This box contains the opto-isolators 

and the RF filtering for the DC power. This minimizes interference 

radiated into the high gain areas from those input lines. 
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2.3.2 Minimization of Systematic Errors 

There are non-idealities within each of the PMT, op-amps of 

the gain chain and the A/D. For the tube, rapid recovery from overload 

as well as the ability to be gated on or off is important. The first 

requirement arises because a PMT, when illuminated by a pulse of light, 

generates not only a pulse of output current, as desired, but also a 

residual tail of current after cessation of the light pulse, as the tube 

relaxes from the internal effects induced by providing the current 

pulse. The gating is necessary since the focusing optics actually 

begins imaging UV onto the PMT from an altitude of 2 km. This results 

in, unless the tube is gated, an extremely large energy pulse into the 

system immediately before recording data from the 7 km altitude. The 

required off/on gain ratio is on the order of 1/1000. 
i 

The initial PMT tried, an RCA 4501, exhibited a tail in its 

recovery from the lower altitude pulse that swamped the response at 

higher altitudes. In addition, attempts to gate the tube did not yield 

acceptable performance. This required finding a tube, an EMI 9558B with 

both better overload capability and the ability to be gated on and 

operated linearly virtually immediately. 

DC stability of the amplifier chain is also a requirement. The 

75 dB dynamic range translates roughly to the system gain of 4,900. 

This means that a 500 nV input offset results in an approximately 2.5 mV 

error at the output of Stage 5, a half lsb error with respect to the A/D 

used. Further, DC response is required to maintain system accuracy, 
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placed at ±.5 mV for each stage. This then dictates some type of Auto-

Zero function. Further, due to the remote location of Stage 0, it is 

desirable to have a low offset amplifier so that no auto-zero is neces

sary for this stage. This is not, however, a strict requirement. Even 

if there is an offset, all the subsequent amplifiers will not have an 

offset due to the action of their auto-zero circuits. DC error in Stage 

0 will not be seen since the Filter Receiver Block puts in a DC offset 

anyway. The strict requirement is that the offset drift be within the 

±.5 mV band. 

A further amplifier requirement is a minimum slew rate of 

150V/ S. This is because the amplifier chain has the full bandwidth as 

the filtering is done after the gain stages. This means that the ampli

fiers in the high stages must be able to track large noise voltage 

excursions. If we assume a three volt peak sinusoid at 2 MHz, the 

maximum slew rate for this signal, attained at zero crossing, is 

38 V/yS. The 150V/yS criteria then provides a factor of four greater 

slew rate above the estimate. 

The A/D used, a Biomation Model 1010, as provided by the 

manufacturer, possesses a set of input attenuators and amplifiers in 

order to extend the ±2.5 V input range of the A/D proper to ±100 mV to 

±50 V. However, grounding the input and converting over half-hour 

periods revealed a one Isb DC Instability requiring that the input 

board be bypassed by moving the input cable directly to the Track and 

Hold, (T/H), input directly. This also eliminated the need to go 

through the frequency compensation procedure for the input attenuators. 



As a further step to ensure thermal stability of the A/D, the bias is 

applied 1 yS before digitization of the return begins to prevent 

establishing a thermally induced bias in the converter. 

Calibration of the A/D, as mentioned in Section 2.2, is a 

further requirement. Trusting a real A/D to perform as an Ideal A/D 

when the accuracy required 1s of the same level as A/D resolution is not 

reasonable. Further, because the A/D has 1022 valid codes, some means 

of doing this automatically 1s required. The automatic feature is 

further necessary because the calibration should be done just before and 

just after taking data to get an idea of the stability of the converter. 

2.3.3 Accommodation of Signal Noise 

The next group of considerations are all related to the problems 

introduced by the signal noise. Within the amplifier chain it is neces

sary that the gains be apportioned such that the average signal will not 

fill the A/D window. This allotment of headroom within the amplifier is 

necessary to keep the signal plus noise from clipping the A/D. Clipped 

data points bias the statistics of the return. Enough data points lost 

due to clipping at a given altitude will force discarding the altitude 

data, resulting 1n an incomplete profile. We note that this means the 

6SA actually has to sacrifice potential dynamic range to provide this 

headroom. 

The signal noise further requires that each gain stage be 

filtered individually in order to optimize the tradeoff between band

width or measurement accuracy and measurement precision or noise, as 

well as providing the anti-aliasing function. The importance of this 



may be seen by consulting Appendix A for S/N ratio vs altitude of the 

return. It does arise that in the higher gain stages, the .3% criteria 

is not possible due to noise. The approach taken here, however, due to 

the extreme reduction of bandwidth necessary to achieve the .3% pre

cision criteria, is to try to maintain the stage bandwidth as large 

as possible. Then, digital filtering can be applied in software to 

achieve the .3% error criteria. However, the raw data itself will not 

have suffered the accuracy loss associated with filtering in hardware. 

This allows more possibilities for digital signal processing off line, 

after data acquisition. 

2.3.4 Detection of Gain Switching Points 

The most difficult problem in the GSA development, however, is 

in accurate detection of when the average signal is at such a level as 

to require a gain switch because of the presence of level corrupting 

noise. A comparator is used within each stage in the Filter Receiver 

blocks to sense the level of the signal in the stage. Unfortunately, it 

cannot discriminate between signal and noise. This means that the 

comparators can falsely signal the need for a gain switch. If this in

formation is used, it will cause clipping of the subsequent data. The 

headroom in each stage will help to alleviate this problem to some ex

tent, but the headroom allocation is to accommodate the noise expected 

assuming that the signal level had been accurately detected. 

Therefore the approach taken is to poll the comparators twice. 

The Stage Control logic then looks at the results and if the stage 
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requested by the comparators each time is the same, then the logic 

selects the requested stage. If the two comparator votes are different, 

then it is assumed by the logic that either noise has corrupted one or 

both votes, or that at least one of the comparators was changing state 

at the moment of polling. In either case the logic leaves the multi

plexer state unchanged. It is not the design of the hardware though 

that is difficult as it is determining the amount of time necessary for 

the noise to decorrelate, or if this is too long, what the best time 

interval between polls is. The case of white, bandlimited additive, 

signal independent, Gaussian noise has a well known solution. Time 

samples separated by any multiple of half the period of the highest 

noise spectral component are decorrelated with respect to the noise. 

See Whalen (1971, pp. 157-158). However, in the case of PMT noise, the 

variance of the noise is proportional to signal level. Because of this 

it is not clear what the proper time separation should be between polls. 

It could be a function of signal level. It is clear, however, that this 

criteria should be approximately correct. A longer, and therefore more 

conservative time interval of 800 nS is used in the current GSA. E/en 

if there is some correlation in the samples, the magnitude of the corre

lation coefficient will not be one, that is the two polls will generate 

more information than one. To promote full realization of the potential 

of this scheme as well as verification of proper system functioning, 

comparators with gains of 10,000 at 10 MHz and level transition times of 

15 nS are used. The short transition times of 40 nS of the HP 6N137 

and 2601 opto couplers used to transmit the Stage Request Word to the 
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Stage Control logic should minimize the chances of polling during a 

comparator level change. This is not really that much of a problem, 

however, since the decorrelation times are clearly going to be much 

larger than 40 nS. Because of this, whether the polling comes immedi

ately before or after a transition is unimportant, as both votes wi 1.1 

have equal statistical weight. To account for the differing stage 

bandwidths due to filtering, a separate, variable frequency clock is 

used in the Stage Control logic to properly match the stages. 

2.3.5 Generation of Complete Atmospheric Profile 

A major criteria was that the GSA be capable of generating a 

complete atmospheric profile at a 5 MHz sampling rate. This means that 

first the electronics have to have the ability to be placed in any of 

the gain stages at the beginning of the data acquisition period. This 

is because it is possible for the profiling to begin at, for example, 15 

km. On the basis of the calculations of Chapter 3, this would result in 

a signal small enough to require the GSA to be in Stage 2. In order not 

to miss the first few data points, the GSA must th.en initially be in 

Stage 2 when the PMT is enabled. This is to maintain the possibility of 

deconvolving the amplifier response and is discussed more fully in the 

Future Developments chapter. 

The full profile criteria also means that gain switching, which 

involves changing the output voltage of the Summing Amplifier by five 

volts and allowing for settling time must be accomplished between 

sampling instants, or in 200 nS. This means that the Summing Amplifier, 



as to be expected for any time multiplexing operation, must have sub

stantially greater bandwidth than that of the analog information. As a 

further example of this, the amplifiers that sum the A/D bias and the 

return signal in the Filter Receivers have to settle to .1% of a 3 V 

step in the 1 yS before the PMT is gated on. While this is not extreme 

high speed, it is another switching operation that requires greater 

bandwidth than that of the analog information. The requirement for 

individual stage filters from the measurement accuracy versus precision 

point of view nicely complements the need for large bandwidth in the 

amplifier for the multiplexing. Due to the signal filtering before the 

multiplexing, in conjunction with the low gain of the multiplexing 

circuitry, allows increasing the GSA bandwidth after the filters without 

incurring a noise penalty. Singly terminated passive filters are used 

to minimize the gain necessary in each channel as well as minimize the 

active device count. The filter outputs are, however, buffered from the 

rest of the channel so that the state of the filter is not perturbed by 

the multiplexing action. 

The last condition the multiplexing operation must satisfy is 

that the sampling and switching operations are properly synchronized. 

The need here is to ensure that the T/H in the A/D is in the HOLD mode 

before the gain is switched. This is necessary to conserve the integ

rity of the analog information. However, the switching shall not lag 

the A/D hold command by more than 40 nS since this time interval is then 

not available for the analog settling of the multiplexing electronics. 
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2.3.6 Testing and Maintenance of the System 

A stable signal source is needed to generate a transient signal 

similar to a lidar return. To provide this function the Exp Generator 

was constructed which also contains an independent noise generator. This 

block can produce either a 4 yS time constant exponential, with or with

out noise to test the settling characteristics of the amplifier as well 

as a 16 yS time constant to check the amplifier's ability to properly 

execute gain switches for a relatively slowly changing signal in either 

the presence or absence of noise. 

Proper testing of the GSA must also be allowed for. The three 

most important tests are to verify that the auto-zero circuits mentions 

the amplifiers in a zero offset state even after the amplifiers have 

been saturated, that the gains of each of the six analog paths are 

correct and that the multiplexing electronics settles to the proper 

accuracy level between data points. 

The settling time test circuit, the Settling Time Monitor of 

Figure 2.1.1 is built into the Analog Electronics Module so that check

ing of the function at any time is as convenient as possible. This 

circuit is used to adjust the Summing Amplifier for best transient 

response over all the input channel sequences of interest and measuring 

the systematic error introduced by incomplete settling. Then the Exp 

Generator is used to take a number of records of the exponential at the 

switch points and the average is computed. Then the experimental pro

cedure is duplicated with noise added to the exponential and the new 

average computed. The difference between these shows how much 



systematic error is generated in addition to the settling time error due 

to skewing of the noise statistics by passage through a not quite yet 

linearly operating amplifier. This combination of tests allows for 

complete error performance of the multiplexing operation. 

It is extremely important that the system be easy to maintain 

and modify. While the block structure of the GSA should not need any 

change, room is allowed in the box for new boards. More likely, as 

explained earlier, some function block parameters may need changing. 

This could include filter cutoff frequencies or amplifier gains in the 

chain. Within the Analog Electronics Module there are thirteen boards, 

six filters, the Exp Generator, Amplifier Chain, Filter Receiver, 

Summing Amplifier, DAC Calibrator, Power Supply Distribution board and 

the opto-isolator board. Another criteria of the mechanical layout was 

that all boards are coplanar, so that once the top to the box is 

removed, all points in the amplifier are easily accessible. The only 

exception to this is the opto isolator board, which is contained within 

its own box as mentioned earlier in the section. In order to facilitate 

bench testing of the boards and rapid removal from the GSA in case of 

the need for repair or modification, all board connections are quick 

disconnect. All logic connections are made with D connectors, analog 

signal path with BNC, SMC or Cambion Shorting Jacks, DC power is con

nected with push clips and the boards snapped into the shielded box with 

Nyclips, a quick connection nylon fastener. The split 15 V supplies 

are connected to the back panel of the box with a single D connector so 



that routing power incorrectly is not possible. As a further advantage 

to bringing in DC power externally, should more current capability become 

necessary, all that is required is to obtain a new supply and wire the D 

connector properly. This is much more convenient than modifying a supply 

already in the Analog Electronics. There are also three spare insulated 

female-female adapters in the Analog Electronics front panel. This 

allows for probing into the system for measurement purposes while still 

maintaining the shield and avoiding ground loops. As an example of a 

need for the flexibility of this arrangement, it is desirable to be able 

to separate the gain stages easily in order to measure the gains through 

each of the six analog signal paths. 

In the case of the logic, all function blocks are placed on 

separate wire wrap cards, placed in their own endosure, and then 

mounted into one card cage. There are turc unused cards and 5V power is 

brought in externally. The logic boards then conmunicate with each 

other on a local bus. This allows flexibility for any future expansions 

or changes since all boards have access to the signals on all the other 

boards. The separate boards then can be freely modi fied. As an ex

ample, results of initial tests of the GS/ taking atmospheric data may 

show the need for increasing the number of comparator polls or changing 

the inter-polling interval. This now becomes relatively easy due to 

lack of mechanical constraints. A future possibility that opens up is 

to expand the dynamic range of the SSA e/€n further by paralleling a 

load resister onto the PMT output under the control of the computer. 



Then, using the feature of the computer loaded delay, inter-leave shots 

of varying delays. The last requirement of the logic was that all I/O 

to the Analog Electronics travels on one 37 wire cable to simplify set

up. 

For ease of repair, all semiconductors are socketed. If 

modification to an existing analog board is necessary, this has been 

facilitated by use of single-sided copper clad board with predrilled 

holes on 100 mil centers. 



CHAPTER 3 

CHARACTERISTICS OF A/D CONVERTER MEASUREMENTS 

In a well designed experiment, the recording device should not 

be the limiting factor on the system accuracy, that is, on the deter

mination of the mean of a sequence of measurements and on the precision, 

or variance of the mean. For this reason, the characteristics and 

limitations of the A/D-D/A technique with respect to these two quan

tities must be understood in order to ensure that there will be no com

promise of system performance. This is most easily discussed in three 

steps. First the A/D, second the D/A and third, the effects that pro

pagate through the A/D-D/A sequence. 

3.1 A/D 

The A/D process occurs in hardware, so to be specific about the 

origin of errors, the structure of the A/D used, a Biomation 1010, is 

briefly mentioned. To accomplish ten bit resolution the A/D uses a 

pipelined architecture utilizing two buffered track and holds (T/H) and 

two five-bit flash A/D's. The first flash and T/H generates the most 

significant five bits. The analog sample is then passed to the second 

T/H while the complement of the most significant five bits is sent to a 

five bit DAC. The voltage in the second T/H is converted into a current 

through a resistor and summed with the DAC output current into a common 

40 
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base transistor. This difference between the higti five bit approxima

tion of the sample and the sample itself is then presented to the second 

five bit flash for completion of the conversion wfii le the first T/H is 

acquiring the next sample. 

Errors can be grouped into two types, static and dynamic. The 

static errors are in gain offset and reference voltages and their 

attendant thermal drift. The dominant sources of these temperature 

dependent errors are input offsets in the comparatars and the T/H 

buffers, errors in the reference voltage and the output currents of the 

differencing DAc. Further, the comparators have a finite gain resulting 

in hysteresis as the input voltage is moved about the reference. These 

types of errors are easily calibrated out of the hfD by use of a 

programmable voltage source and voltmeter. 

Dynamic errors, on the other hand, being frequency dependent, 

are much more difficult to quantify. Transient thermal effects, 

settling times of amplifiers, DAC's and comparators, clock jitter and 

decreasing comparator gain with increasing frequency all cause errors. 

It should be mentioned that the 1010, when presented a DC input, pro

duces an output code that is a function of clock frequency. 

3 . 2  D / A  

The characteristic problem of the D^A process then, assuming 

valid digital codes, lies in quantifying the discrepancy in information 

content between the discrete set of digital codes and the continuum of 



implied analog values. This is most easily accomplished by considering 

the errors associated with each of three cases. 

The first case is the error due to the finite word length of the 

A/D. That is to say that regardless of how well defined the analog 

input to the A/D is, the analog value associated with the output digital 

code cannot have a resolution of better than ±1/2 lsb. To quantify this 

effect we will consider the effect of digitization to be the addition of 

an amount of analog noise equal to the difference between the analog in

put and the analog value implied by the A/D output digital code. Since 

the effect of digitization is represented in the analog domain, specific 

digital codes need not be considered, only the analog value associated 

with each digital code. In order to proceed we need the definitions of 

Table 3.2.1. In all these cases we assume that the probability 

distribution of analog values within each code is uniform and that the 

total range of values of v lies within the range of the A/D. Another 

way of saying this is that the digital codes of zero and 2^-1 do not 

occur as those represent clipping of the input by the A/D. The effect 

of non-uniform densities will be discussed later. 

To determine the magnitude of the quantization noise we need to 

know A.j. Clearly the best choice for A . will be that which minimizes this 

noise. Therefore, we consider the i^ digital code which results under 

the condition that the analog inputs lie between (i-l)w and iw. 
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Table 3.2.1 

A/D Calibration Definitions 

P(Y|X) = probability of variable Y conditioned on X 

Y|X = expectation of variable Y conditioned on X 

b = number of bits of resolution of the A/D 

v = range of analog inputs to the A/D, V >, 10, without loss 
of generality 

V = mean of a distribution of v 

w = nominal width in the v domain of each digital code 

e. = the error added to v due to quantization, conditioned 
on v being the i^1 code. 

d. = the systematic error in the i**1 code due to shift in 
hardware characteristics 

A^ = the analog value associated with the i^ digital code 

J = average of the A^ for a given distribution of v. 

eA. = A^ when A/D is not calibrated 

when A/D is not calibrated 

F(v) = probability distribution function of v. 

A F . = probability of v being within the interval associated 
with the i th  digital code 

= variance of A/D output due to quantization error for a 
given F(v) 

a? 
A/D = total variance of measurement of A with A/D 

e a 2  

A/D = total variance of measurement of A with uncalibrated 
A/D 
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e2 = < (A.-V? | (i-l)W < V < iw > 

= A?-2A i  < V| (i-l)W < V < iw> + < V2| (i-l)W < V < iw> (3 2 ^ 

= Af - 2A i  /W V £ + /W V2 
(i-l)w w (i-l)w w 

= A? - A. W (2.-1) + W2/3 (3 i
2-3.+l) 

(3.2.2) 

We choose A. to minimize the squared error. 

d e? 
3_= 2 A. - W (2,-1) = 0 

d A. 

A i  = (i-Jg)W 

(3.2.3) 

This is, as expected, the average value of the analog inputs to be 

expected within this code. This also means that since, 

A. = V + e, (i-l)W £ V < iw 

< A.. |  (i-l)W * V < iw> = < V| (i-l)w<v<iw> + |(i-l)w* v<iw> (3.2.4) 

A i  = A i  + < e.. | (i-l)w .< v < iw > 

then < e.. | (i-l)w < V < iw > (3.2.5) 
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p 
Next we need the value of e^. Back substituting into Eqn (3.2.2), 

e2 = (i-Js)2W2- (i-*s)W2 + W2/3 (3^ - 3. + 1) 

= W2 / 12 

' ' = (3.2.6) 

This is a well known result presented for completeness. See Stremler 

(1977,pgs 453-455). 

Clearly, since A. = (i - l/2)w, there is no systematic error or 

bias introduced into the measurement due to the choice of A... Further, 

the standard deviation of the noise is w/2[3]2. 

The second case arises when w is only a nominal rather than 

exact value for the width of each code. In practice, the width of each 

digital code depends upon the code, necessitating calibration. Suppos

ing that the A/D is calibrated and that the code boundaries are not the 

ideal, we investigate the A/D performance. The case is very similar to 

the first as the expressions for A^ and e. are the same in form, but 

differ only in that w is replaced by the actual code width in the v 

domain. However, when a boundary shifts, it affects both the codes 

sharing the boundary, so we will look at the effect upon both codes. As 

the A/D is calibrated there is no bias in A^, just as in the discussion 

of the first case. Using the previous results we can set up Table 

3.2.2 . 
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Table 3.2.2 Calibrated /WD Parameters 

O 
v interval A . e 

1 d. 
(i-1) w^ v < iw-d.. w (i - h) - V2 (w - d..)2 /12 

d.-
iw - d. << v < (i+l)w w (i + h) - 1/'2 (w + d..) /12 

This table is, strictly speaking, the final result of the second 

case of error. But it would be useful to be able to compare this case 

against the first. To do this we first note that the A/D is calibrated 

so that there is no bias in the measurement of the code mean for each of 

the affected codes. Comparing the variances, however, is not as 

straightforward since the noise in code i  is greater than the nominal 

and in code (i+1) is less than nominal. To compare then we will average 

the two by assuming the probability density of v is uniform across both 

codes. Therefore, using conditional expected values, 

2 2 
< (A - v) > = < (A.j- v) | (i-1) w < v < iw-d-> P (v | [i-l]w < v < iw-d..) 

9 

+ < (A-j+j-v) |iw-d- < v < (i>l)w»P (v|iw-d. < v< (i+l)w) 

- ( W+di)2 ( W+di) , ( W-d1>2 (W~di) (3.2.7) 

12 2w 12 2w 

= _L{I [(w-d.)2 + (w+d.)2] ^w_di)2 " (w+di)2] }  

12 2 1 1 2w 

= — {(w2+d.2) + — (4wd.)} 
12 1 2w 1 

= {w
2 + 3d2 } (3.2.8) 

12 1 



Therefore we see that on this average basis the shift in the 

boundary by d^ does cause an increase in quantization noise. This means 

that even if the A/D is calibrated, movement of code boundaries incurs a 

loss in measurement precision because the increase in noise due to the 

larger decision region is not completely offset by the decrease in noise 

due to the smaller decision region. 

The third case of error occurs when the A/D is out of calibra

tion. That is if the output codes are assigned to particular segments 

of the domain of v, but these segments have then changed unknown to the 

user of the A/D. This is the most serious situation as it generates a 

systematic error. Since it is now clear that movement of a code 

boundary, if calibrated out, will typically only increase the total 

quantization noise, it is not necessary to calculate the most general 

case of code dependent analog widths, w^, with undetected code boundary 

movements as well. For this discussion the nominal value of w will be 

assumed as this makes calculation of expectation values for the indi

vidual codes easier. This simplification, however, does not diminish 

generality of the final expressions for expectation values for the means 
ft - A 

T and e~K and the variances o^D and a^D for a given F(v). Therefore 

we pick the identical two regions as in the discussion of the second 

case of error, only now we assume that the code boundary movement, d|, 

has not been calibrated out. 

The easiest way to do this is to realize that for those events 

when iw<v<(i+l)w, the A/D is in calibration. There is no bias in the 

mean or change in quantization noise for these events. However, for 
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those events where (i-l)wsv<iw, the region of the i^ code, the errors 

are manifested. First we calculate the mean. 

< eA.j> = (i-l)w,< v < (iw-d..> P (v|iw^ v < iw-d.) 

+ <A^| iw-d. $ v < iw> P (v|iw-d. ^ v < iw) (3.2.9) 

= (i-^w * (! .  di) + ( i+Js)w * (dj) 

W vT 

= (i-^)w + d. (i+Jg - i+%) 

= (i-H)w + d. 

eA. = A i  f d. (3.2.LD) 

Clearly then, as expected, the estimate of the mean of the code 

is high by precisely the movement of the code boundary. Obviously, if 

the boundary between the (i-l) t l1  code and the i*11 code moves into the i th  

code by an amount equal to dthe estimate will be low by d^. The effect 

on the variance follows similarly. 
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< (eAj - v)2| (i-l)w^ v < iw > = 

< eA2| (i-l)w v < iw > 

-2 < eA..v| (i-l)w $ v < iw > 

+ < v2| (i-l)w v < iw > (3.2.11) 

Taking each expression individually, 

p O O 
< A-|(i-l)w$ v < iw >= <A^ | (i-l)w ?: v < iw-d..> P (v|[i-l]w.<: v < iw-d^) 

2 + <| iw-d^ .< v < iw)>P (v| iw-d.. ^ v < iw) 

(3.2.12) 

= w2 (i-%)2 (1- £-) + w2 (i+%)2 

= w2(i-Js)2 + d.w [(i+J-2)2 - (i-%)2] 

= w2 (i-%)2 + 2id.w (3.2.13) 

<0A1-v| (i-l)w$v<iw> = <A.JV| (i-l)w <C v < iw-d. >P (v|[i-l]w<$ v < iw-d..) 

+ <A1-+1v|iw-d^ $v < iw >P (vjiw-d.. ^ v < iw) (3.2.14) 



w(i-3s) [(1-Js) w^/2] (1- -J ) + 

di 
w(i+Jg) [iw -d^] ^-1 

50 
d. 

« O Q • W 
W2 (1 -*s) - -4- (i-%) + 

d. 9 d.w 
[w2!' (i+Js) - -J- (i+%) 

9 9 diw 

w2 (i-^s) +-4- (1-%)] 

w2 (i-Jg)2 - —1- (i-^s) + —I [w2 (i2 + i/2 - i2 + i - k) 
2 w 

+ (i - ^ - i - HU 

0 0 d.w d- n Qi d.w 
w2 (i^)2 - (1-%) + _L[w2 (|1 - ir) --4- ] 

= w2 (i-%)2 + d^.w, [|1 -% +k ] - d2 

T 

= w2 (i-Jg)2 + id.w - d2/2 (3.2.15) 
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< v2| (1-1)w ̂  v < iw > = /(Y-l;w 
v2 ^ 

w2 3 3 
•5- c i  - (1-D ] 

[312 - 3i+l] 

w2 ( i2 - + 1/3) (3.2.16) 

Putting these results together, 

< (eAj - v)2| (i-l)w^ v < iw > 

w2 (i-%)2 + 2id iw - 2 [w2 (i-Jg)2 + id^ - df/2] 

+ w2 (i2 - i + 1/3) 

-w2 (i-%)2 + d2 + w2 (i2 - i + 1/3) 

w2 (-i2 + i - k) + w2 (i2 - 1 + 1/3) + d2 

w2 + d? (3.2.17) 
17 1 

Here we see that the increase in variance is substantial in comparison 

to the cases where d^ is either zero or has been calibrated in. Similar 
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results are obtained if both boundaries of a code move to decrease the 

analog width of the code. Now as before, to compare to the two pre

ceding cases we assume that v is uniformly distributed over both cases. 

<(eA-v)2| (i-l)w < v < (i+l)w >= 

< (eA-v)^| (i-l)w^ v < iw)>P (vj [i-l]w^ v < iw) + 

< (eA-v)^| iw < v < (i+l)w >P (v|iw $ v < (i+l)w) 

= T? * 1 * (T? + d? ) * 1/2 

= TT" (w2 + 6d?) (3.2.18) 

This then is to be compared to the variance of the calibrated case of 

2 2 
(w + 3d!p/12, where now the contribution to the variance of the code 

boundary is twice that of the calibrated case. This case then is 

clearly the worst of the three due to the bias of the mean as well as 

increased variance over the calibrated case. This case describes the 

A/D as typically in practice due to the aforementioned difficulties in 

calibration. 

3.3 A/D-D/A 

Now that the sources and nature of the A/D and D/A errors have 

been discussed, it is time to examine the overall process or A/D-D/A. 
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First we do the simplest case of the calibrated A/D. Here we note that 

the definition of AF^ does not assume that the width of all the digital 

codes is w. They depend only on the distribution of v and the code 

boundaries established at the time of calibration. Therefore the 

following expressions will be completely general. 

2b-2 
<  A  > =  J = Z AF. * A. (3.2.19) 

1=1 1  1  

but with v conditioned to lie within the i t '1 code 

A. = v + e. 

2b-2 th  

Theref o r e = z AF. < v+e.|vEi 
i=l 

2b-2 

AF. < v +e. |v51 code > 

= z AF. < v|v Si**1 code > 
1 = 1  

2b-2 
+ z AF.< e.|vc i th  code 

1=1  1  1  

I = v (3.2.20) 

Next we need to compute the variance associated with the measurennent of 

I 

2b-2 
CT/i?n = z <(A. - A")2| v£ i th  code > AF. (3.2.21) 

u i  =1 
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Now we recall that, conditioned on v being within the i code; 

A. = v + e. (3.2.22) 

It is also important to note that this equation shows that while e. is 

thought of as a noise term, it does not represent a noise source inde

pendent of v. In fact, rewriting this conditional equation as follows 

we see that e^ and v are negatively correlated as A. is a constant. 

e. = -v + A. (3.2.23) 

Substituting Eqn (3.2.22) into Eqn (3.2.21) we get, 

2 2^-2 
= % <(v-7V + e^)2| v 5 i tb  code > AF. 

2b-2 2 
= z < (v-7T) + 2 e. (v-7T) + e .21 v £ icode > A  F .  

i=l 1 1  1 

Again using Eqn (3.2.22) and Eqn (3.2.20) 

2b-2 
z  ( v - v )  +  2e . (A. - e . - + e / | v £ i th  code > A F .  

i = l  I I I I  I  

= C T 2 + z • <2 e. (A.-70 - efI v % i tn  code > A F . 
v i=1 1 v 1 ' v 1 

2b-2 
_2t „ r  ,-th 

. 2 _ 
A/D " 

(3.2.24) 

That this result is correct can be seen by considering the case in which 

the v density fills uniformly one A/D code and is zero everywhere else. 
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Here the variance of v is the same as that of the A/D quantization 

noise. Since all possible values of v yield only the one digital code, 

te variance of the A/D output is zero. 

Now we need the mean and variance for the uncalibrated A/D 

2^-2 
< eA, > = ^ = z < A. + d.l v 5  i th  code > A F . (3.2.25) 

1 i=l 1 1  1  

2b-2 t. 
= z < A.-1v £ i  code > A F .  

i=l 1 1  

2^-2 
+ z < d.-1  v ? i th  code > A F .  

i=l 1 1  

= T + ~3 

= v + ~5 (3.2.26) 

Similarly the variance; 

<  ( W -  M / D  

2^-2 
EAA/D = z < [(A.+d.) - (I+"3)]2| v? i th  code > A F .  

2°-2 

= z [(A.. - J) + (d. -*cf)]2| V ? i th  code > A F .  
i=l 1 1  1  

2^-2 
= z < (A. - "A)21 v? i th  code > A F . 

i=l 1 1  

(3.2.27) 

(3.2.28) 
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2 - 2  t h  

+  2  Z  <  ( A .  -  A )  (d. - 7) | v C  1 X N  code > A F .  
1=1 1  1  1  

2^-2 
+ Z < (d. - "A")2 | v ^ i th  code > A F .  

1=1 1  1  

The second term is zero since both variables in the expectation are 

Independent and possess zero mean. 

Therefore 

e 2 2 » 2 
a a' + a' (3.2.29) 

A/D A/D d 

a* - a* + a* (3.2.30) 

What 1s now clear is that in general, assuming repeated measure

ments of the quantity of interest, that systematic error is the limiting 

factor for measurement accuracy. Assuming stationary statistics in the 

v domain, the uncertainty in the mean due to variance of the parent 

population of v can be reduced by the square root of the number of data 

samples 1n the usual way, but the bias of the mean cannot. Also, the 

sampling process decreases the measured variance of the parent popula

tion. This is an artefact of quantization. Therefore, for any measure

ment the actual variance of the parent population 1s of interest, not 

that of the actual data. This means that the variance reported for the 

parent population should be the variance of the quantized data plus the 

quantization noise. Further, since the d^ are not known for each i, one 



has to assume a worst case of all codes shifting 1/2 lsb in the same 

direction. 

The basic results on the accuracy of the A/D-D/A process have 

now been presented. What now remains is to investigate the validity of 

the assumption of uniform density within each digital code. 

The magnitude of the effect of the nonuniformity depends 

directly on the actual probability density function encountered. This 

means that predicting the experimental accuracy and precision to check 

against system specifications requires the density function. Since we 

are assuming random errors due to system noise, the most plausible 

density is the Gaussian. This selection actually allows checking for 

bias in the mean due to two independent mechanisms. First is the 

effects of the nonuniformity and the second is systematic error 

generated when the A/D analog code boundaries do not divide the v 

distribution symmetrically. To make this clearer we consider three 

cases. We assume in all cases that first, the density tails are 

truncated symmetrically so that this density lies within the A/D range 

with no clipping of data, and second that the interval length in the V 

domain associated with each code is the same, w. In the first case, the 

mean in the v domain is coincident with a boundary between two digital 

codes, iw. Here, by symmetry, there is no bias in the mean due to 

either of the two effects of concern. Similarly in the second case 

where the mean in the v domain is coincident with the analog midpoint of 

a particular digital code, A... However, in the third case the mean is 



located at either of the two analog values A j  ± w/4. If, for example, 

the mean is at A-j - w/4, because the code assignment is at A-j, the con

verter will tend to round up the value of the mean of v. We expect 

this not to be a serious problem since if the variance of the Gaussian 

is on the order of w/2, placing the bulk of the density into a single 

code, the bias would be on the order of w/4. This is already half of 

the error that must be allowed to account for lack of A/D calibration. 

Greater variances than this should result in even smaller systematic 

errors. 

A numerical example was calculated using tabulations of the 

Gaussian and the error function which assume zero mean and a standard 

deviation of one. See Appendix C for detailed calculations. For the 

example an interval of length .96 in the analog domain was considered to 

be spanned by three digital codes resulting in w = .32 (tables tabulated 

in .01 increments). The mean was considered to be shifted by a positive 

one-quarter lsb from zero to .08. The mean and standard deviation cal

culated using ±3 truncation limits. This means the la limits are 

covered with just over six codes, the 3a limits by 18 codes. The calcu

lated mean was .0800 yielding no positive bias within the for place ac

curacy of the calculation. The standard deviation calculated was .9810 

or a 1.9% error. The discrepancy is due to truncation of the Gaussian. 

In any case, the error in the standard deviation is also negligible. 

The point here is that, assuming a Gaussian density in the 

analog domain, as long as the la limits are distributed over at least 
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six codes then neither the uniform density assumption nor the systematic 

error introduced by the lack of symmetry in the discretized sampled 

density have any appreciable effect, particularly in light of the 

expected systematic error due to lack of calibration. 

3.4 Proper Use of the A/D Converter 

The last topic then to be covered is how to properly select A/D 

resolution for a given measurement and how to best utilize the device's 

capabilities. As mentioned before, the first criteria is to ensure that 

the systematic error in the A/D is compatible with the measurement accu

racy desired. Strictly speaking, this requires calibrating the A/D re

peatedly to evaluate the mean and variance of the location of the code 

boundaries. This is, as mentioned, easy at DC, difficult over fre

quency. If the A/D accuracy is not acceptable, there are essentially 

two routes available. The obvious one would be to simply obtain a more 

accurate A/D. Barring this, another approach is to put gain on the 

signal to reduce the A/D errors proportionally. This may require 

offsetting the signal to ensure that the A/D is not clipped. 

Next is to consider limitations on precision of the measurement 

due to the relative magnitude of signal variance, quantization noise and 

number of data points taken for signal averaging. We note then two ex

treme cases. First, the distribution of the parent population is uni-

modal with a variance much smaller than that of the quantization noise. 

Even though Eqn (3.2.3) doesn't apply due to the violation of the uni

form probability density assumption, it is obvious that the measurement 

precision is quantization noise limited. In this case, applying gain to 
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the signal will improve both the accuracy and precision obtained. The 

second extreme is when the probability density of the parent population 

is uniform over the entire A/D domain. This is clearly a case in which 

signal variance limits the measurement precision. Here the number of 

bits of accuracy of the A/D is dictated by the standard deviation of the 

parent population divided by the square root of the number of measure

ments. This assumes, of course, at least wide sense stationarity. If 

greater precision than the averaging affords is desired, the only 

alternative is filtering. However, it must be kept in mind that once 

enough reduction in variance is achieved it is possible that the signal 

will not be measured to the accuracy level desired due to the signal 

component rejected by the filter. 

In summary then the tradeoffs to be balanced are to make sys

tematic and noise errors, after the number of data points have been 

fixed, comparable by the proper applications of gain, offset and 

filtering. 



CHAPTER 4 

ASSIGNMENT OF GAIN STAGE PARAMETERS 

While the structure of the lidar measurement system has been 

detailed, the magnitudes selected for the stage gains, offsets, band

width and headroom have not yet been justified. This chapter is devoted 

to the task to allow proper documentation of the method used in arriving 

at these values. This is because first, there are a number of factors 

that inter-relate nonlinearly that must be traded off against each other 

in order to optimize the system. Secondly, the results of the calcula

tions depend on the accuracy of the initial assumptions. These assump

tions might prove to be sufficiently inaccurate, on the basis of the 

initial atmospheric data, to warrant recalculation of these values. 

4.1 Preliminary Considerations 

To begin with, the number of records to be taken for averaging 

has to be decided upon. Assuming that the properties of the atmosphere 

are stable, the precision improvement is proportional to the square root 

of the number of shots. However, the number of shots cannot be made too 

large for the dynamic nature of the atmosphere dictates nonstationary 

statistics. 

There is a tradeoff between system simplicity and the total 

amount of information the system can provide. The minimum number of 

gain stages is desirable due to minimum number of switch points and 

decreased circuit complexity, but this does not allow as gradual a 
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bandwidth taper as a function of increasing gain stage. Anticipating 

some results of Section 4.2, the noise in the GSA signal is determined 

solely by the PMT current. Examination of the S/N ratios of Appendix A 

shows them to be a monotonically decreasing function of altitude, which 

would ideally require a matching monotonically decreasing bandwidth of 

the GSA. The problem here is that in order to achieve the .3% precision 

requirement for all the data points within a stage, the filtering for 

the entire stage is dictated by the worst case or noisiest point, which 

is the highest altitude anticipated to be within the stage. This means 

that lower altitude data is filtered at the level required for the 

higher altitudes, a disparity that increases the greater the range of 

altitudes handled by a given stage. Since filtering improves precision 

at the cost of accuracy, as discussed in Section 3.4, a minimum stage 

configuration will not extract as much information from the signal as 

would be possible with more stages. 

The last problem is to decide upon how much headroom to allot in 

the stages. This depends upon how many clipped points can be tolerated 

in the data analysis and the actual probability density of data points 

at each altitude. 

4.2 Basis for Assumptions Used in the Calculations 

The length of time necessary to acquire the lidar data is what 

determines the number of records taken. The 1 Hz repetition rate of the 

Excimer laser is the limiting factor. The number of shots was set at 

one thousand, requiring seventeen minutes for data acquisition. This 

was felt to be short enough to assume atmospheric stability yet still 
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achieve the required degree of S/N improvement from averaging. This 

yields a precision improvement, assuming stable statistics, of thirty-

two. 

It is necessary to know the total noise in the return to 

proceed further. The noise analysis was done and is presented in 

Appendix C. The result is that PMT noise completely dominates all other 

noise sources. Therefore, consultation of the S/N figures of Appendix A 

coupled with the realizable bandwidth of Stage 0, resulted in a maximum 

bandwidth of 2 MHz. With respect to the number of stages versus band

width tradeoff, the number of stages was set at six by hardware con

siderations. Eight analog switches are available, two quad packages, 

but two switches are reserved for use in the Settling Time Monitor. 

Therefore the remaining six are used for stages. The way this compro

mise was reached then was to build the maximum number of stages permis

sible with the analog switches used. 

It is assumed that the data points at all altitudes will exhibit 

the Gaussian density and that five standard deviations will be adequate. 

This may seem excessive, but if for example, the photo cathode current 

has been overestimated by a factor of four, which is not unreasonable, 

the limits then become two and a half standard deviations after the 

appropriate gain increase in the GSA. 

The last information needed is that the A/D has an analog window 

of -2.5V to +2.5V. Since the A/D is bipolar and the signal is unipolar, 

an extra 2.5V component will have to be added to the bias in order to 



utilize the full A/D capability. This 5 V full scale range and 10 bit 

resolution means that a half Isb is approximately 2.5 mV. 

4.3 Calculation of Values 
XL 

We require that the 5 V A/D window contain the i stage signal 

with an upper bound of the maximum average signal, denoted as ^v^.» 

plus five of its standard deviations, 5 N^vt  and as the lower bound, 

the minimum average signal "S"., minus five of its standard deviations, 

5 N^. The v subscript denotes that these values are expressed in 

volts. If this subscript is not present, then the units are Watts and 

refer to the power levels of the return. Therefore we write down the 

voltage requirement equation. 

[ 5. + 5 N. 1 - [ s. . - 5N. 1 = 5 (4.3.1) 
ivt ivt ivb ivb 

S1vt + 5/<Sivt /Nivt> ] - *,vb V - 5/<WW = 6 C-3-2 ' 

*ivAvb " t5  - ""5 <WNivb>] - 6/5ivb <4-3-3) 

In Eqn (4.3.3), we see that the left-hand side terms are all ratios. 

Because of this, power ratios can be substituted allowing usage of 

Appendix A. This results in, 

Sit/Sib [ l+5/(S/N) i t  ] + 5/(S/N).b = 1 + 5/S.vb (4.3.4) 

where the S/N ratios have been identified as such. 



We would like now to begin calculating the characteristics of 

Stage 0. However, a voltage is required in the right-hand side of Eqn 

(4.3.4). This would require converting all values in Appendix A to 

voltage in order to use Eqn (4.3.4) directly. It would be convenient if 

this was not necessary. However, we do know that regardless of what the 

gain of the PMT/Stage 0 combination is, on the basis of Section 3.4, 

using the systematic error criteria, what voltage level "5"^ ^ has t0  

correspond to. That is alloting a half lsb error to correspond to an 

accuracy level of .3%. This leads directly to 

5\ . = 2.5*10~3 V/.003 = 5/6 V = .833V (4.3.5) 
ivb 

k is now the reference level for the comparators in the 

Filter Receiver Blocks. Recalling Section 3.2 and again Section 3.4, 

the actual systematic error should be less than the half lsb due to the 

averaging action on the systematic error and the DC calibration of the 

A/D. 

Inserting Eqn (4.3.5) into Eqn (4.3.4) results in Eqn (4.3.6), 

which is dimensionless. 

[S-. t/S" ib] (1 + 5/(S/N)u)+ 5/(S/N) ib  = 7 (4.3.6) 

Since the signal to noise ratios depend on the square roots of the 

signals as described in Appendix A, Eqn (4.3.6) is nonlinear. Exact 



numerical solution would be tedious and the accuracy unnecessary in 

light of the arbitrariness of the five standard deviations assumption. 

Therefore a much simpler approach is taken. Since we know that the 

noise is determined by the PMT, we will simply insert signal and S/N 

pairs from Appendix A into Eqn (4.3.6) until consistency is achieved. 

To do this we define an error function, E t  ^ as follows. 

Et,b = PiAb ]  (1  + 5 / (s /Nu» + 5/ (s /N>ib - 7 <4-3-7 ' 

Now we are in a position to calculate Stage O's characteristics. 

We desire to begin profiling at 7 km. Calculation of the two values; 

E7,10.5 "*71 E7,ll " '84 ' 

shows that 10.5 km is the best altitude to consider as the bottom of the 

window since it is the more conservative. It should be remembered that 

Eqn (4.3.7) constrains only the voltage differences associated with 3". 
ivt 

and actua^ voltage levels at the Analog Out of the GSA that 

correspond to the top and bottom of the A/D window has to be computed 

separately using the five standard deviation limits and 5". L. We de-
ivb 

fine these as V_ and V.L, where as before the i subscript denotes 
it ib 

the proper gain stage. We further define V« , . as the total bias 
l bias 

applied to the A/D and is the sum of V and the 2.5 V necessary to 

compensate for the bipolar input of the A/D. 



V1b 1 S1vb (> - 5/<S/N1b» 

VQb = .833 (1 - 5/39.4) 

= .727 V 

Vit= [VW (*ib ) ]  [1  + 5/(s/Ni t
) ]  (4-3*9)  

V A = [.484*10~6*(.833)/ .8275*10~7] [1 + 5/95.3] 
ot 

= 5.126 V 
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(4.3.8) 

V. . = V.. + 2.5 V 
i  bias lb 

(4.3.10) 

v« = -727 +  2-5 = 3-227 v 

o bias 

The above calculation, based on Eqn 4.3.10, assumes that the full 5 V 

A/D window is taken up by the signal with its 5a limits. However, we 

know that a smaller range of altitudes have been selected for this stage 

than it is capable of handling due to the conservative 10.5 km choice 

for the bottom of the window. In fact, the difference between vot and 

Vob is  only 4.399V. This means that there is still 601 mV of headroom 

in the stage over and above the 5a limits. The above calculation for 

VQ 5ias places all this extra headroom at the top of the stage. A more 



reasonable choice would be to apportion this equally between the top and 

bottom of the A/D window. Therefore, with no loss of accuracy, we 

subtract 300 mV front the bias. 

Referring again to Appendix A we see that the output current 

from the tube at Z = 10.5 km is .31 mA. Since this corresponds to a 

Stage 0 output voltage of .833 V, we see the transimpedance gain is 2.68 

K . This is not, however, a hard and fast value because it assumes a 

given gain or voltage on the PMT. Since the PMT gain can be changed 

over two orders of magnitude, considerable leeway in the actual trans-

impedance value is possible. This allows much greater flexibility in 

the electrical design of Stage 0. As discussed in Section 5.2, for 

reasons of amplifier stability and PMT bias Zener diode noise, an actual 

transimpedance gain of 20.35 K was constructed, allowing the PMT to be 

run at a lower voltage. Recalling that the comparator threshold is set 

at .833V, this completes design of Stage 0. 

We note in passing, that referring to Appendix A, precision 

enhancement due to averaging alone would result in a precision level 

of .08%. The digitization systematic error, however, is .3%. therefore 

this stage is A/D limited. Further, we note that the standard deviation 

of the digitized signal is initially identical to that of the parent 

population of signal and noise. The standard deviation of the signal is 
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the smallest for the system at the bottom of Stage 0. The magnitude of 

this is computed from S ^ = .833 V. 

°N * ?„vb '  <?/N»0b 

= .833 mV / 39.4 

= 21.1 mV 

From Eqn (3.2.6), 

aq = w/ 2 [3]* 

= 5 mV/ 2 [3]** 

= 1.44 mV 

Combining these values with Eqn (3.2.25) 

a = [ a?. -  a2  

N q J 

= 21.05 my 

This demonstrates that there will be no expected effect of quantization 

noise in the experiment. Standard deviation confidence limits do not 

have to be corrected for quantization noise. 

Proceeding to Stage 1, we now know that the top of the window is 

at 10.5 km. Using Eqn (4.3. 7) and Appendix A, we calculate the 

following; 
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E10.5, 14.5 = "-87 E10.5, 15 = ,38 

Just as before, we select the bottom of the stage to be at 14.5 km, the 

more conservative choice. Using Eqn (4.3.8), (4.31.9) and (4.3.10) and 

the appropriate values from Appendix A, we calculate, 

V = .592V 
ib 

V = 4.858V 
it 

V. . = 3.092V 
l bias 

The gain of the stage is needed, which is calculated by the following 

equation. 

Yielding; 

G. = V. /V (4.3.11) 
l it (i-l)b 

G = 4.32/.833 

5.19 

As before, the Stage 1 comparator reference level is set to .833V. 

Since again a conservative choice for the altitude range to be profiled 

has been selected conservatively, we note that there is leeway in the 

choice of V . The difference between V and V is 4.276V. This 
i bias it ib 

means the stage has .734 mV of surplus headroom. Of this, 292 mV will be 

removed from the A/D bias as this will make the bias identical to the 

Stage 2 bias to be calculated subsequently. Therefore we arrive at the 

final result for Stage 1. 
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Vi bias " 2-800V 

Proceeding to Stage 2, the top of the window is at 14.5 km. 

Using Eqn (4.3.7) and Appendix A we calculate: 

E14.5, 19 = -009 

This sets'the bottom of the window at 19 km. Using Eqns (4.3.8), 

(4.3.9), (4.3.10) and (4.3.11) and Appendix A we obtain: 

'2b 

2t 

2 bias 

.299 V 

5.337V 

2.800V 

4.97 

As before the comparator reference level is at .833V and the Stage 2 

calculation is complete. Since ^ jg is so close to zero, it is not 

necessary to adjust the value of bias' 

Proceeding to Stage 3, we find that, due to the noise, the 

precision of this stage should be looked at more closely. Consulting 

Appendix A, the S/N expected at 19 km, with the averaging enhancement, 

is 246 or a precision level of .41%. This means that this altitude's 

accuracy is noise limited. One possibility now is to drop the bandwidth 

of this stage. As pointed out in Section 4.1 though, this will have to 



be done at a level corresponding to the bottom of the window, which has 

an even poor S/N ratio. Instead, as mentioned in Section 2.3, the 

approach is to keep the bandwidth at 2 MHz and just allow more headroom. 

With this approach, the noise can be digitally filtered, but the raw 

data still has not had its accuracy compromised. If the filtering had 

been done in the GSA, this potential information would be irrecoverably 

lost. 

Examining Eqn (4.3.2) we see that if the S/N ratio at the bottom 

of the window is 5, then the full A/D window is taken up by S. A + 5N-K J  ivt lVt 

This means that there will be no bias applied to the A/D other than the 

2.5 V necessary for the bipolar input of the A/D. We also note that if 

the S/N is greater than five, that the term due to the signal at the 

bottom of the window changes sign. This reflects the fact that while 

the average return is unipolar, once noise is added an individual return 

can momentarily go bipolar. Clearly, if a stage is designed with an 

expected S/N ratio greater than 5, the A/D bias will be less than 2.5 V. 

The decision taken for this stage was to let the signal at the 

bottom of the window have an S/N of 5, that is an altitude of 21.5 km 

from Appendix A. Therefore, properly substituting into Eqn (4.3.2); 

S3vt  (1 + 5/(S/N)3t  ) = 5 (4.3.12) 

S i n c e  ( S / N ) =  7 . 8 ,  E q n  ( 4 . 3 . 1 2 )  y i e l d s ;  

S3vt  = 3.05 V. 



We use Eqn (4-.3.11) to arrive at the gain. 
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G3 = 3.66 

The last value needed, since we know that V-^b is zero, is since 

this is where the comparator reference level is set. 

This / ields; 

3. = "5. * -!£ (4.3.13) 
ivb lvt c 

it 

S3vb= 1.36V. 

We notice that the systematic error will be, worst case, 

(2.5x1.0 /1.36) x 100 = .18%, but that the averaging, as seen by 

Appendix A, can yield at best, .59%. We note that since the digitiza

tion accuracy is .18%, if when the system is operated, there is more 

noise at the top of the window and less at the bottom than anticipated, 

then /, .. can be made as small as 1.97V. This places S0wk at .833V O bias OVD 
so that digitization accuracy is not sacrificed. Clearly then, this 

stage is limited by signal noise. 

Proceeding to Stage 4, we find that the S/N at the top of the 

window is 5- This means that with the 5 standard deviation criteria, 

only one altitude can fit into the stage. Clearly filtering is needed. 
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The approach taken then is to cut the bandwidth by a factor of four. 

This reduces the noise by a factor of two. Now with a .5 MHz bandwidth, 

(S/N^j. is 10.4. As before, the bottom of the window will be set for a 

(S/N^ of 5. Dividing the S/N ratios in Appendix A by two yields the 

bottom of the window corresponds to an altitude of 26.5 km. Using Eqn 

(4.3.12), 

= 3.38 V. 

Using Eqn (4.3.11), 

G4 = 2.48 

As before, S^h = 1.36V, V4 b ia$ = 2.5V. 

Proceeding to Stage 5, we reduce the bandwidth again by four. 

We realize that now all the S/N ratios and levels are the same as in 

Stage 4, so all parameters have the same values. The only new informa

tion is that the bottom of the window in Stage 5 corresponds to an 

altitude of 31.5 km. 



CHAPTER 5 

ANALOG CIRCUITRY, DESCRIPTION AND TEST 

In this chapter the individual analog function blocks of Figure 

2.1.1 will be presented in sequence. Circuit diagrams and design con

siderations will be presented before the actual test results. Due to 

the modular construction of the system, each of the subsystems to be 

described is mounted on an individual circuit bound for ease of main

tenance and ease of modification. 

5.1 Detector Stage 

The PMT and Stage 0 together comprise the detector stage. They 

are documented together because final testing requires demonstration 

that the two work together properly. A further practical consideration 

is that the PMT output capacitance is an integral part of the feedback 

loop of the transimpedance configuration of Stage 0. 

Concerning the mechanical layout, the PMT is contained with a 

gating board in an extended, cylindrical metal housing. The extra room 

within the housing is used to place Stage 0 as close as possible to the 

tube to minimize the effective tube output capacitance. This is com

prised of the inherent tube capacitance as well as the coax capacitance. 

The entire detector stage assembly is placed within a shielded enclosure 

on the roof of the PAS building. Electrically continuous to the 

7.5 



detector stage shield are conduits to bring up to the roof from the 

floor below the tube high voltage supply and split voltages for Stage 0. 

The detector stage output is driven down from the roof to the floor 

below on a 50 cable within a shielded conduit to the Analog Electronics 

Module. 

5.1.1 Circuits 

The EMI 9558QA PMT circuits consist only of the bias string and 

gating board. These are illustrated in Figure 5.1.1. While the bias 

chain is self-evident, the gate board operation will be briefly sketched 

out. The circuit is powered off the bias chain and is essentially at 

the same potential as the negative high voltage. The HP 6N135 opto-

isolator accomplishes the isolation necessary to switch the gate from a 

ground referenced TTL signal. When the gate TTL signal is low, the 

opto-isolator is off and Q1 does not conduct. Therefore pin 1 of the 

9558, which is the first dynode of the tube, is at a potential 30 volts 

negative with respect to pin 19, the photocathode, repelling photo-

electrons. When, however, a high TTL level is at the gate, the opto-

isolator forces Q1 to saturate, bringing the first dynode approximately 

200 volts positive with respect to the photocathode and gating the tube 

on. R3 is a voltage divider set for the optimum tradeoff between tran

sient response when the tube is gated on and maximum attenuation when 

off. 

The Stage 0 circuit is a little more involved. The circuit is 

illustrated in Figure 5.1.2. There are a number of features that need 
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Figure 5.1.1 PMT Circuits 
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Figure 5.1.2 Stage 0 Circuit 

Legend: R.. = 2.4K R^ = IK 
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Rj = 4.3K C = 75 pf 

R2 = .91K 

c = 15 pf 
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to be mentioned. First, the op-amp, a PMI 0P-37F, was selected for its 

low noise, as documented in Appendix D, its low voltage offset, 60vV max 

and its gain crossover frequency of 20 MHz. The LH0033 is the high 

current buffer necessary to drive the 50a cable. The C/R3/R4 network 

provides a small amount of phase lead to reduce the circuit Q. R1 and 

R2 are necessary as the OP-37 is stable only in closed loop gains of 

five or more. C represents the total capacitance of the PMT anode and 

the coax connecting the tube to Stage 0. If R^ was not present, this 

capacitance would be present on the inverting terminal and result in 

amplifier instability. R. then decreases the phase shift around the 

loop enough for stability, but still results in enough phase shift, in 

conjunction with the OP-37 shift, to give rise to a moderate Q second 

order system. If we ignore the C/R3/R4 network since this open loop 

pole-zero pair almost cancel, we can write the system transfer function 

as Eqn (5.1.1). 

1 (Vfn)2+( f/fn) xl_ + 1 
Q 

(5.1.1) 

where G = 1 + R2/R1 = 5.73 

Rp = R1 R2/ (R1+R2) = .75k 
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u = unity gain crossover frequency of OP-37 

= 20MHz 

Ri = 2.4K 

Z R = R. + R f  + R = 6.15K 

c • 15
Pf 

H. u 2 

fn - hrrennr] = 2-45MHz 

[ 2irUGC ZRf2 _ 0 
Q " 2nuMC + fi " -8 

G(R
f + V) = 21.49K 

These values provide a rough design guide for expected circuit 

performance. 

To test the circuit a pulsed current source is required. The 

circuit of Figure 5.1.3 was used and generates a current pulse by 

steering the current source output. 
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NPN's 2N412A 

-15V -15V 

Figure 5.1.3 Stage 0 Pulse Tester 



82 

5.1.2 Detector Stage Tests 

The first tests are of Stage 0 itself. In all cases, Stage O's 

output is terminated in 50O. Figures 5.1.4 and 5.1.5 demonstrate the 

response of Stage 0 when driven by the current pulse. Evident is the 

15 V/yS slew rate of the stage and the expected natural response ringing 

due to the high Q pole pair of the eighth order Butterworth filter pro

vided by the stage. These photos represent a functional test of the 

stage. 

The next series of experiments involve driving Stage 0 with the 

PMT. In these experiments a few precautions were found to be necessary. 

The LED had to be located at least 7 cm from the photocathode and 

slightly off the main axis of the tube. The light source is diffused by 

roughing the LED with emery paper and painting over the brightest por

tion of the LED radiating directly to the photocathode with optical 

black lacquer. The reason for this is that the tube does not exhibit 

the same transient response when individual subareas of the photocathode 

are illuminated. Further, the uniform illumination duplicates the 

condition the tube is operated in during the lidar experiment. Mounting 

the LED off axis helps test to see if this condition is met. There 

should be no change in the output of the tube if the LED is rotated 

while the tube is being pulsed. The LED used can be any of the Hewlett-

Packard series HLMP-3000, 3001 or 3300. 

The next experiment tests the transient response of the detector 

to gating. One of the system criteria is that the tube operate linearly 

• 



Figure 5.1.4 Stage 0, Pulse Tester Response, Fast Sweep 

Vertical: 2V/div 
Horizontal: 2 yS/div 

Ml 
• 

Figure 5.1.5 Stage 0, Pulse Tester Response, Slow Sweep 

Vertical: 2V/div 
Horizontal: lOPS/div 
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immediately after being gated on. To this end Figure 5.1.6 represents 

the detector stage response when the LED is turned on 10 yS before the 

gate is turned on. Comparing this to Figure 5.1.7, in which the tube is 

gated on 10 yS before the LED is turned on, it can be seen that the 

transient response of the gated tube is such that the tube exhibits a 

time dependent gain for the first 2.5 yS after the gating action. 

Figure 5.1.7 demonstrates that Stage 0 is not responsible for the 

effect. R3 of Figure 5.1.1 was adjusted to provide the optimum 

response of Figure 5.1.6 . 

The f and Q of the detector stage was determined by measuring 

the transient response of the stage when the LED drive was turned off. 

These values are computed by referring to Figure 5.1.8 and using Eqns 

(5.1.2 - 5.1.4). 

In ( Aj/A2 ) 
(5.1.2) a 

1 

f n  -  [ ( 2 » f ) 2  +  (5.1.3) 

Q = 2 UFN = TRFN (5.1.4 

where A. = amplitude of the decaying exponential envelope at time t^ 

f = frequency of sinusoidal ringing 



Figure 5.1.6 Detector Stage Output, LED on Before Gate 

Vertical: lV/div 
Horizontal: 2 yS/div 

Figure 5.1.7 Detector Stage Output, Gate on Before Led 

Vertical: lV/div 
Horizontal: 2 yS/div 



Figure 5.1.8 Transient Response of Detector Stage 

Vertical: .5V/div 
Horizontal: .5 yS/div 
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The values computed are f = 2.03 MHz and Q = 3.0. We note that the 

desired Q is 2.56. This means that there will be a peaking factor of 

3/2.56 or 1.17 above that desired. This is equivalent to 1.37 dB. 

The last group of experiments are concerned with the pulse 

recovering time of the detector stage. As discussed in Section 2.3, 

after the tube provides a current pulse, a residual current tail remains 

as the tube relaxes from internal effects associated with providing the 

current pulse. The tail is quantified by pulsing the PMT and Stage 0 

combination with an LED and putting the Stage 0 output into an Analog 

Modules LA-90 logarithmic amplifier. The LED is pulsed with the circuit 

of Figure 5.1.9 . This test represents an upper bound on magnitude of 

the tail and the time required for the tail to become insignificant. 

The reason for this is that the experiment quantifies the tube tail and 

Stage O's settling time as well as any tube response due to light 

emitted during the finite turnoff time of the LED. Measurement of the 

LED's transient response at the low light levels associated with the 

lidar experiment is desirable. However, this requires the high gain of 

the PMT, which also has a tail. Therefore the only approach available 

was to try various LEDs and use the one that resulted in the smallest 

tail at the output of Stage 0. This approach was used to select the 

HLMP 3000 series of LEDs but reject the HLMP 6300 LEDs. 

The results of these experiments are in figures (5.1.10 - 12) 

for 10, 20 and 30 S light pulses generating 5.7 V outputs from the 

detector stage. The procedure was to first turn on the LED and then 

4 
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IN 914 
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Figure 5.1.9 LED Drive Circuit 



Figure 5.1.10 10 yS Pulse 

Horizontal: 10 yS/div 

Figure 5.1.11 20MS Pulse 

Horizontal: 10 yS/div 

Figure 5.1.12 30 yS Pulse 

Horizontal: 10 yS/div 



turn the gate on 10 yS later. This allows testing the tube attenuation 

with the gate off. As can be seen from each of the three figures, the 

attenuation is at a -65 dB level with respect to when the tube is gated 

on. 

Keeping in mind the .3% error criteria, we consult Appendix A to 

see if the observed tail 1s small enough to permit the required accuracy 

level. Stage 0 is to profile the altitude range of 7 to 10.5 km, which 

translates to a 23 yS time interval. Over this range the lidar return 

drops in amplitude by a factor of .48* 10~6/983* 10~7 or 5.8. If we 

overestimate the energy of the pulse by saying an equivalent rectangular 

pulse at the output of Stage 0 is 5.7 V in magnitude and 10 yS in 

duration, we can use Figure 5.1.10 for tall data. In relation to 

Appendix A the equivalent pulse would correspond to the altitude range 

of 7 to 8.5 km. For purposes of comparison, the power level of Appendix 

A for 8.5 km will be used as the 0 dB reference level rather than 7 km 

which will overestimate the magnitude of the tail contribution to system 

error. The tail will be compared to the expected power level of the 

lidar return 0, 10 and 20 yS after the equivalent pulse ends. These 

times correspond to altitudes of 8.5, 10 and 11.5 km. 

Consulting Figure 5.1.10 we see that Immediately after the 10 yS 

pulse is over, there is a 4 yS period which 1s dominated by the tran

sient response of Stage 0 before the noisy tail becomes evident. If we 

extend the tail back to when the pulse is shut off we can estimate the 

effect of the tail for each of the three times of interest. The .3% 



criteria is equivalent to -50 dB. Figure 5.1.10 shows that the tail is 

at -70 dB with respect to the reference when the pulse is turned off. 

This is an order of magnitude better response than required. By 

Appendix A, the return from 10 km is at -6.4 dB with respect to that 

from 8.5 km, but from Figure 5.1.10 the tail is at -10 dB at 10 yS after 

the pulse was shut off with respect to its magnitude 0 S after the 

pulse was shut off. This means not only that the tube response is still 

acceptable, but that the tail is falling-faster than the lidar return. 

Similarly, the return from an altitude of 11.5 km is at a level of 

-12 dB with respect to the 8.5 km level. Over this 20 yS time interval 

the tube is at -20 dB with respect to its level when the LED was shut 
2 

off. We now recall that the 1/Z dependency of the lidar return means 

that the return drops in magnitude at the greatest rate at the lowest 

altitudes. Since the tube tail is decaying faster than the return at 

these worst case altitudes it is reasonable to conclude that the tail is 

not a source of systematic error. 

The last experiment done was to try to see what the contribution 

of Stage 0 was to the observed tail of Figures (5.1.10 - 12). This 

would then fix a lower bound on the magnitude of the tail of the 

detector stage. The procedure was to pulse Stage 0 with the current 

source of Figure 5.1.3. Figure 5.1.13 represents the output of the log 

amp to the output of Stage 0. Comparison of this photo to that of 

Figure 5.1.12 seems to indicate that the Stage 0 tail is responsible for 

the last 15 yS of the PMT tail. This is, however, not felt to be an 



Figure 5.1.13 Stage 0 Logarithmic Response 



adequate test of the stage because the tail of Figure 5.1.15 was 

originally 10 dB greater until a different signal generator was used to 

provide the TTL level to switch the current pulser. A second reason is 

that the preceding version of the detector stage showed a PMT pulse 

response identical to that of Figure 5.1.12, but the test of Stage 0 

itself, revealed settling in 15 yS to the -90 dB level. Since the LED 

tests were identical it is unlikely that Figure 5.1.15 represents an 

accurate measurement of Stage 0's pulse response. The difference 

between the PMT and switched current source experiments is that the TTL 

signal generators are not connected to signal ground when used in the 

PMT experiment, but not in the switched current source. For this 

reason, the current pulser should be modified by use of an opto-isolator 

at the TTL input and the experiment repeated. In any event, the 

PMT/Stage 0 combination is well within the error tolerances of the 

experiment by virtue of the total tail being greater than 20 dB down 

from the error limit at all altitudes. 

5.2 Exp Generator 

The purpose of this function block is to provide a lidar-like 

transient signal, a decaying exponential, to test the entire GSA, analog 

functions as well as digital. The features of this module are selection 

of two time constants, either one with or without noise. 

5.2.1 Exp Generator Circuits 

Figure 5.2.1 illustrates the circuitry. The 0P-37 and LH0033 

represent the Stage 0 function, while the two series capacitors and 33K 
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resistor simulate the detector output and the HAI 5195 circuitry gener

ates noise. The exponential generation is straightforward except that 

the effective capacitor for generating the 4yS time constant is formed 

by the series combination of the parasitic capacitance between the 

source and drain contacts of the analog switch and the 330 pf capacitor. 

The noise generator circuit is also quite simple. The two Zener 

diodes are the noise generators, placed between a low impedance node, 

the source of Ql, and a high impedance node, the drain of and the 

gate of Q3. The high impedance node ensures that the noise voltage 

source is not loaded, maximizing the noise voltage appearing at the 

output of the 5195. The adjustable gate voltage of Ql is used to null 

the voltage offset at the output of the 5195. This is done to minimize 

trnsients when switching the noise in and out during testing. The 5195 

feedback network results in a closed loop response characterized by a 

zero at 1 KHz and a pole at 10.6 KHz. This arrangement keeps the 5195 

stable as well as generating a gain of 11 above 10.6 KHz. The high 

pass filter at the output of the 5195 has a zero at the origin and a 

pole-at 16 KHz. The two low frequency poles serve to filter out the 

lower frequency noise components. This eliminates popcorn noise from 

the Zeners as well as the noise components with a period greater than 

the length of time for one A/D record. The amount of noise can be 

varied by adjusting the wiper of the 500^ pot at the output of the 

5195. This is necessary for testing purposes because PMT current noise 

is signal dependent whereas the noise generator is signal independent. 

Therefore, when testing any given switch point, the noise generator must 
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be adjusted to give the same noise amplitude as would be expected if the 

current source were the tube rather than the Zener diodes. 

5.2.2 Exp Generator Tests 

Figures 5.2.1 and 5.2.2 represent the exponential outputs of the 

generator without noise. The ringing at the beginning of the decay is 

due to the natural response of the OP-37. Figures 5.2.3 and 5.2.4 show 

the response of the 4 yS time constant with and without noise. 

5.3 Amplifier Chain Gain Blocks 

The primary requirements of the gain blocks are auto-zero 

capability, 10 MHz closed loop bandwidth, the ability to drive a singly 

terminated passive filter, 120 V/yS slew rate and low cost. These 

requirements are realized with the combination of an LH0032 op-amp and 

H0S-100 buffer. 

5.3.1 Functional Description 

A typical gain stage is shown in Figure 5.3.1. It incorporates 

three functions, the gain block, the auto-zero and the logic delay. In 

the gain block the H0S-100 provides the low output impedance over a 

100 MHz bandwidth necessary to drive the passive filter without any 

effects on the amplifier frequency response due to the reactive filter 

load. The unspecified resistor, Rn, is set to determine the DC gain of 

the stage in accordance with Table 2.1.1. 

A switched auto-zero circuit was constructed which operates in 

two modes. First the TRACK mode in which the analog switch is closed, 

causing the auto-zero to continuously track the gain stage offset and 



Figure 5.2.1 4yS Exponential Output 

Vertical: 2V/div 
Horizontal: 2 yS/div 

Figure 5.2.2 16 yS Exponential Output 

Vertical: 2V/div 
Horizontal: 5 yS/d1v 



Figure 5 . 2 . 3  4 y S  Time Constant Without Noise 

Vertical: .2V/div 

Horizontal: 5 yS/div 

Figure 5.2.4 4 y S  Time Constant Without Noise 

Vertical: .2V/div 

Horizontal: 5 yS/div 
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null it to within the input offset of the integrator. The second mode 

is the HOLD mode. The integrator is disconnected from the output of the 

gain stage by opening the analog switch. This open loop mode maintains 

the zero offset of the gain block as well as DC response of the ampli

fier. This is necessary to keep the transient lidar signal from biasing 

the integrator. The need for this feature is discussed in complete 

detail in Appendix E. Each stage has its own auto-zero so that there is 

no DC offset in any stage. 

The operation of the logic begins with the AZ HOLD REQ line, 

which terminates at the inputs of gates A and B of Stage 5 being pulled 

high, putting Stage 5's auto-zero in the HOLD mode. Gates A and C with 

the 20K resistor and 500 pF capacitor delay this signal for 1.2 yS 

before it is transmitted to Stage 4. This signal propagates down the 

Amplifier Chain from Stage 5 to Stage 1, being delayed 1.2 yS in each 

stage. The reason that the stages go into the HOLD mode sequentially is 

because there is a switching transient at the output of each of the gain 

stages when they go into the HOLD mode. It is not desirable for the 

auto-zero ef any stage to be in the TRACK mode during the switching 

transient of any preceding stage since this will place a bias on the 

integrator. 

The auto-zero is the circuit with the most stringent specifica

tions and so the design needs to be commented on further. The inte

grator op-amp, a Burr-Brown 3527, was selected for three reasons. 

First, the input offset voltage is 2 5 0  y V  max and second, the offset 
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drift is 10yV/°C max. This means that all stages have essentially zero 

offset with respect to the 5 mV lsb over the temperature range the 

electronics will experience, 20°C to 35°C. This easily meets the ±.5 mV 

criteria specified in Section 2.3. Thirdly, the 5 pA bias current, if 

it all went to ground through the 820 K feedback resistor would 

generate a negligible 4 y V offset. If it all flowed through the .47 yF 

feedback capacitor,it would generate a 4 yV/S ramp at the output of the 

integrator, also negligible. 

The magnitude of the errors expected from a dynamic point of 

view, that is to say when the lidar return is in the Amplifier Chain and 

the auto-zeros are in the HOLD mode is expected to be small. This is 

because the parasitic capacitance, including stray, between the H0S-100 

output and the summing mode is only 20 pF. Disregarding the 10 K 

resistor, any signal at the output of the H0S-100 is attenuated by a 

4 
factor of 2.4 x 10 through the capacitive divider, four in the 

resistive divider and, since the offset resistors in the LH0032 are 

loop gain to the output is about 5.2, this results in a total 

attenuation of 2.6*10^. 

5.3.2 Amplifier Chain Tests 

Due to the straightforward nature of the amplifier chain, the 

only tests to be done are to measure small signal bandwidth, slew rate, 

and gain of each stage as well as proper operation of the auto-zero. 

The measured small signal bandwidths and slew rates are contained in 

Table 5.3.1. The small signal bandwidth was measured by isolating each 
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Table 5.3.1 

Gain Stage Characteristics 

+ Slew Rate - Slew Rate S.S. Bandwidth 
Stage Gain (V/ S) (V/ S) (MHz) 

0 20.35K 15 15 2 

1 5.22 200 200 19 

2 5.00 400 400 18 

3 3.75 300 300 11 

4 2.65 220 220 15 

5 2.65 350 350 26 

6 2.65 350 350 26 
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gain stage and adjusting the input 100 KHz sine wave amplitude to result 

in a 200 mV peak to peak output signal as seen on an oscilloscope. Then 

the generator, an HP 606A, is swept up in frequency until the amplitude 

of the stage output drops to 140 mV peak to peak. This frequency is 

then recorded as the bandwidth. The slew rate was measured by putting a 

1 MHz, 2 V peak to peak square wave from a Wavetek Model 145 function 

generator into the amplifier under test and recording the rate of change 

of the output signal between the two DC levels. For ease of measurement 

the auto-zero was removed for these tests. 

Stage gains are measured by isolating each stage by first 

removing the proper jumpers and auto-zero and selecting the proper stage 

through the Stage Jam. Then the output offset is measured with a volt

meter. Next a DC level is input to the amplifier and both the input and 

output levels measured. The gain is then the difference in the output 

voltages divided by the difference in the input voltages. 

The proper operation of the auto-zero was verified for each 

stage by discharging the 16 nS exponential with the GSA in the gain 

switch mode with each stage selected as the initial gain stages. What 

this does is allow the transient signal to propagate through the ampli

fier until the logic resets. At this time the exponential is dis

connected and the GSA jammed into the desired gain stage. Observation 

of the stage output during the time interval between when the exponen

tial ends and the beginning of the next exponential discharge will 

reveal the presence of any tail or droop due to the auto-zero nulling 

any offset accrued while the GSA was processing the exponential. 



104 

These experiments were done and the results are contained in 

Figures 5.3.2 - 5.3.7 . The interval of time between the exponential 

discharges shows that the auto-zero will null the amplifier satisfac

torily for taking data at a 28 Hz rate. If the data is taken at a 28 Hz 

rate, however, there is a two-second transient on the baseline. This 

means that if data was to be taken at this rate, the first two seconds 

of data should be discarded. The vertical sensitivity for this experi

ment was limited to 50 mV/div because of oscilloscope overload. Stage 0 

has a noticeable DC offset in Figure 5.3.2. This is because it does not 

have an associated auto-zero. The remaining small offset differences in 

the stages are due to the different buffer amplifier offsets through 

each of the Filter and Filter Receiver blocks. 

5.4 Passive Filters 

There are essentially two types of passive filters in the GSA, 

six pole and eight pole. The six pole filters are the three low Q pole 

pairs of an eighth order 2 MHz Butterworth, the high Q pole pair being 

realized in the transfer function of Stage 0. The eighth order filters 

are Butterworths with cutoffs set at .5 MHz for Stage 4 and .125 MHz for 

Stage 5. Both filter sections are singly terminated at the load end to 

avoid the 6 dB loss associated with doubly terminated filters. The 

single termination requirement meant that the realization had to be 

found using the Cauer I technique. See Appendix F for details of the 

systhesis. HAI 5195 op-amps are used as 40 MHz voltage followers to 

buffer the filters. 



Figure 5.3.2 Stage 0 Output 

Vertical: 50 mV/div 
Horizontal: 5 mS/div 

Figure 5.3.3 Stage 1 Output 

Vertical: 50 mV/di 
Horizontal: 5 mS/di 



Figure 5.3.4 Stage 2 Output 

Vertical: 50 mV/di 
Horizontal: 5 mS/di 

Figure 5.3.5 Stage 3 Output 

Vertical: 50 mV/div 
Horizontal: 5 mS/div 



Figure 5.3.6 Stage 4 Output 

Vertical: 50 mV/d1v 

Horizontal: 5 mS/d1v 

Figure 5.3.7 Stage 5 Output 

Vertical: 50 mV/d1v 

Horizontal: 5 nS/d1v 
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The filters were constructed by winding Ferroxcube pot cored 

inductors and adjusting their inductance value using a Sencore LC53 

inductance meter. All adjustments were within ±1%. The capacitors were 

formed by paralleling mica capacitors until the proper value was 

achieved, ±1%, as measured with a Data Precision 938 capacitance meter. 

Final response was checked by imputting a swept sine wave to the filter 

and observing the response. The filters were constructed as in Figures 

5.4.1 and 5.4.3 . 

5.5 Filter Receivers 

The function of this block is very simple, to generate the Stage 

Request word by using comparators and sum in the DC offset necessary for 

proper biasing of the A/D. 

5.5.1 Filter Receiver Circuits 

Figure 5.5.1 illustrates a typical Filter Receiver block. The 

3.9K source resistors for the comparator is recommended by the manu

facturer to balance the input terminal source impedances. The input 

clamping of the comparator is also recommended by the manufacturer to 

preserve response time. As a further reason, when a stage is saturated, 

there would be +10V present on the node if the 3.9K resistor was not 

present. Since comparator has a positive supply voltage of +5V, serious 

damage to the device would be possible. In addition, the 3.9K resis

tors limit the current flow through the Schottky diodes so that the 

diodes provide a 300 mV clamp voltage. The 5082-2800 type diodes ex

hibit a IV drop with 15 mA of forward current. The comparators are 
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Figure 5.5.1 Filter Receiver Block 



Ill-

connected such that when the analog signal is greater than the com

parator reference, the comparator output is low. This is because the 

Stage Request Word is generated by an LS 148 eight-line to three-line 

priority encoder which requires active low inputs. The 2N 2369 provides 

the low output impedance voltage reference necessary for the comparator. 

5.5.2 Filter Receiver Tests 

The tests necessary are amplifier bandwidth, comparator switch

ing times and ensuring that comparator switching has no effect on the 

analog signal path. These tests are very straightforward and will be 

described briefly. 

An HP 606A sine wave generator was used to measure a 3 dB 

bandwidth of 40 MHz with a Q of 2 for the 51951s that are in the Filter 

Receivers. Figures 5.5.2 and 5.5.3 show the output of the 5195 to a 

very slowly changing ramp as well as the switching action of the com

parator. Evident is the 15 nS transition time of the comparators as 

well as the clean switching on a signal changing at a 2 mV/yS rate in 

either direction/ The most important fact though is that there is no 

feedthrough from the comparator into the analog signal path. 

5.6. Summing Amplifier 

This function block has the most stringent performance 

criteria and therefore requires the most extensive testing. This block 

must have the large bandwidth and short settling times necessary for the 

time multiplexing operation. 



Figure 5.5.2 Comparator Switching on Negative Ramp 

Vertical: 2V/div top 
5 mV/div bottom 

Horizontal: 50 nS/div 

Figure 5.5.3 Comparative 

Vertical: 

Horizontal: 

Switching on Positive Ramp 

5 mV/div top 
2V/div bottom 

50 nS/div 
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5.6.1 Summing Amplifier Circuits 

Figure 5.6.1 and 5.6.2 are the Summing Amplifier circuit and 

the Settling Time monitor circuit. The amplifier selected for the 

multiplexing action was the AD H0S-050 which features a 90 nS settling 

time to a 5V step to ±.1% accuracy in an optimized inverting gain of 1 

circuit. The desired performance of themultiplexing circuit is 150 nS 

to ±.3%. There are a number of difficulties in achieving this sepcifi-

cation. The first is that when the amplifier switches up in gain from 

Stage i to Stage i+1, the input signal to the Summing Amplifier from the 

Amplifier Chain changes from on the order of one volt to on the order of 

five volts. The ±3% of signal level tolerance then means that the error 

band for up switching is 315 mV. However, in down switching the 

tolerance is ±2.5 mV, the 1/2 lsb criteria. A second difficulty is the 

capacitance present on the inverting terminal due to the six analog 

switches. The purpose of the adjustable capacitance between the 

inverting terminal and output of the H0S-050 is to compensate the 

feedback attenuator for the switch capacitance in such a manner as to 

minimize settling time. A third and the most significant difficulty is 

due to the change transfer necessary for the analog switches to change 

state. In this application, one switch is turned off as another is 

turned on. The switches, Teledyne CAG-49's, use n-channel JFETS as the 

switch element. Turning the switch on results in charge transferred 

from the gate drive to the analog signal path. Conversely, charge is 

pulled from the analog signal path when the switch is turned off. 
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Ideally these two effects would cancel, but in practice the switches do 

not begin changing state at the same time and the on and off transients 

are not exactly matched. The resulting mismatch in the current flows 

between the switches must be sourced or sunk through the feedback 

resistor connecting the inverting terminal and output of the op-amp. 

This results in switching glitches that can be seen in Figures (5.6.3 -

5.6.12) appearing about 20 nS after the output of the H0S-050 output 

begins to change. Experimentation revealed that skew between the rise 

and fall times of the decoder outputs was the dominant factor in 

determining the settling time. This was the reason the Fairchild 74F138 

decoder was used. An LS138 was used originally, but was found to have 

as much as 15 nS of skew between decoder outputs. This skew, by not 

allowing the charge transfer between switches to occur properly added 

70 nS to the settling time in comparison to that achieved with the F138. 

The Settling Time Monitor is straightforward and uses the 

2N 5912, 2N 2369 and two analog switches. The principle is simple 

enough, the 2K resistors sumthe input to and the output from the ampli

fier. Since the gain is -1, the sum should be zero after the 500fl re-

sister is adjusted to take into account the series resistance of the 

switches. If it is not then the amplifier is not tracking the input. 

The input voltage is the reference so that the signal appearing at the 

diode clamped summing point is, due to the voltage divider action of the 

summing resistors, one-half of the output error. Therefore, for up 

switching, half of ±.3% represents ±7.5 mV at the False Summing 

Junction. For down switching, half of ±2.5 mV is ±1.25 mV. 



Figure 5.6.3 0 to 1 Switch 

Vertical: lV/div for Summing Amplifier output 
5 mV/div for Settling Time Monitor output 

Horizontal: 50 nS/div 

Figure 5.6.4 1 to 0 Switch 

Vertical: lV/div for Summing Amplifier output 
5 mV/div for Settling Time Monitor 

Horizontal: 50 nS/div 



Figure 5.6.5 1 to 2 Switch 

Vertical: IV/div for Summing Amplifier output 
5 mV/div for Settling Time output 

Horizontal: 50 nS/div 

Figure 5.6.6 2 to 1 Switch 
Vertical: IV/div for Summing Amplifier 

5 mV/div for Settling Time output 

Horizontal: 50 nS/div 



Figure 5.6.7 2 to 3 Switch 

Vertical: IV/div for Summing Amplifier output 
5 mV/div for Settling Time output 

Horizontal: 50 nS/div 

Figure 5.6.8 3 to 2 Switch 

Vertical: lV/d1v for Summing Amplifier output 
5 mV/div for Settling Time output 

Horizontal: 50 nS/dfv 



Figure 5.6.9 3 to 4 Switch 

Vertical: IV/div for Summing Amplifier output 
5 mV/div for Settling Time output 

Horizontal: 50 nS/div 

Figure 5.6.10 4 to 3 Switch 

Vertical: IV/div for Summing Amplifier output 
5 mV/div for Settling Time output 

Horizontal: 50 nS/div 



Figure 5.6.11 4 to 5 Switch 

Vertical: IV/div for Summing Amplifier output 
5 mV/div for Settling Time output 

Horizontal: 50 nS/div 

Figure 5.6.12 5 to 4 Switch 

Vertical: IV/div for Summing Amplifier output 
5 mV/div for Settling Time output 

Horizontal: 50 nS/div 
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A feature of the Settling Time Monitor that is not obvious 

from the schematic is that the bias point of the 2N 2369 was selected to 

minimize transient thermal bias due to change in device power dissi

pation while passing a signal. The point here is that the 2369s base-

emitter junction is in the signal path. A change in the amount of power 

dissipated by the device could induce a thermal tail that would appear, 

due to the long thermal time constant, to degrade the settling time. 

Therefore, the 2369 was biased to minimize the change in power dissi

pation due to passing a signal. To begin, we write the power 

dissipation equation for the transistor. 

Pq = quiescent power dissipation 

I = bias current of device q 
V = bias voltage of device q y 

For the case when the bias point of the transistor changes due to an 

input signal, we can write an expression for the new power dissipation. 

P q  +  A P  =  ( I q  + A I )  ( V q  +  A V )  ( 5 . 6 . 2 )  

Subtracting (5.6.1) from (5.6.2) yields the expression for P. 

A P  =  A I V  +  A V I  +  A I A V  q q ( 5 . 6 . 3 )  
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By virtue of R£, the emitter resistor of the 2369, AV and Al are 

related. 

A V = -I^AI (5.6.4) 

We note further that the AlAV term of (5.6.3) is always negative by 

multiplying (5.6.4) through by Al. 

AlAV = -1^ Al2 (5.6.5) 

While for any given Al and AV, I and Vq could be selected to force AP 

to zero, the fact that the False Summing Junction signal is bipolar and 

changes sign depending on whether the amplifier is being up switched or 

down switched means that the best that can be done is to force the first 

two terms of Eqn (5.6.3) to cancel this condition results in Eqn 

(5.6.6). 

AlVq + IqAV = 0 (5.6.6) 

Substituting Eqn (5.6.4) then results in the condition for the bias 

point 

Al V - ft- I A I = 0 
q t q 

V'q " t  (5.6.7) 



Since is 50 $ a transistor with high fj at a bias point of 20 mA 

of collector current and IV of VCE is required. This is met by the 2369 

with an fy of 550 MHz under these conditions. The very same equation 

can be applied to the common drain 2N 5912. However, this is not 

necessary since the 3 of the 2369, about 60, increases the impedance 

leven seen by the source of the 5912 over that of the emitter of the 

2369 by this amount and reducing the changes in the power levels 

correspondingly to test the accuracy required for the bias point, V 

was increased from one volt to two with no change in the settling time 

output other than a DC level change. 

5.6.2 Settling Time Tests 

The results of the settling time tests are contained in Figures 

(5.6.2 - 5.6.11). Several things should be noted. The high frequency 

hash on the Summing Amplifier output trace is feedthrough from the high 

gain Settling Time Monitor channel. Since the up switching criteria is 

less stringent and up switching occurs will occur far more frequently, 

the Summing Amplifier was adjusted to optimize only the up switch 

transition. This means that the first point taken after a down switch 

will have to be discarded. The switch from Stage 5 to Stage 6 is not 

documented since this is opening the DG 303s in the Filter Receiver 

Blocks. These switches have a 150 nS delay between the logic command 

and the action of the switch. Therefore the first data point after 

issuing the Stage 6 switch command will have to be discarded. This 

leaves 250 nS for the amplifier to settle to the resulting 2.5 V step. 
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This is well within the amplifier's capabilities as seen by the results 

of the transitions between the other stages. Further, in Stage 6, the 

return and the 1/2 Isb systematic error of the A/D. The signal source 

used for the settling time test was the Filter Receiver Blocks. The 

i^stage filter input was open circuited and the bias adjusted for a 

+2.5V output from the i^ Filter Receiver A DC input was fed to the 

•h h 
(i+l) stage filter sufficient to generate a -2.5V output from the 

th 
(i+l) Filter Receiver. This means that the settling time measured 

reflects the actual settling time when used within the system, and 

further, due to the ±2.5V swing, represents a worst case for settling 

time. 

There are a number of experimental details that should be 

mentioned. While doing the settling time measurement it is easiest to 

switch between stages at a .5 MHz rate. However, this should be reduced 

to a 100 Hz rate to verify that there are no large time constants in

volved in the settling. This was done and demonstrated that the 

settling times measured at the 50 nS/div sweep are correct. The three 

bit codes to drive the decoder were provided by clocking an LS157 quad 2 

to 1 line data selector whose outputs drove a 74509 open collector quad 

AND gate array connected to the F138 decoder inputs. The two analog 

inputs to the settling time monitor, floating in Figure 5.6.2 are 

soldered to the appropriate analog inputs of the miltiplexer, while the 

logic inputs are soldered to the corresponding outputs of the decoder. 

The 2K resistors tied to the analog inputs to the multiplexer should be 

matched to within 5 . 
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Examination of the settling time photos shows that 150 nS is the 

maximum settling time for all the stages for up switching. This time is 

measured from when the decoder output changes state. 

5.7 DAC Calibrator 

The DAC Calibrator is one of the most straightforward of the 

modules discussed in Chapter 2. Its purpose is to provide a program

mable DC source for input to the A/D during calibration. The DAC 

Calibrator, Fluke 8502A programmable voltmeter and the Biomation 1010 

A/D are coordinated by the PDP-11/23 to provide a DC calibration of the 

A/D. Before explaining the circuit the calibration procedure should be 

reviewed. 

5.7.1 Calibration Procedure 

The central idea of the procedure is that if a voltage that 
XL 1L 

coincides with the code boundary between the (i-1) and i codes is 

presented to the A/D, then the A/D will output either of the two codes 

with equal probability. If an even number of measurements are made, 

then the expected value of the average of the output codes will be 

i-1/2. When the factor of 1/2 arises in the average, if the input 

voltage to the A/D is read with a voltmeter, then the code boundary 

between the (i-l) th and i**1 codes will be established. 

In practice, of course, it cannot be assumed that the factor of 

1/2 will arise exactly for each code boundary. In fact, depending on 

the A/D, some codes may be missing. To handle this aspect of the cali-
XL 

bration, the computer sets up a two column table. The i row 
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i.L XL 

corresponds to the boundary between the (1-1) and 1 codes. The two 

columns are for the average A/D word and the Fluke voltage reading 

associated with the average A/D word. 

In the calibration routine written, 500 A/D measurements are 

made to arrive at the average. When the table is Initialized the 

average A/D word column is loaded with 9999 so that missing codes are 

automatically flagged. This 1s because, for a 10-bit A/D, 1023 is the 

largest possible value for the average A/D word. Missing codes then are 

easily identified by the computer and they will have the value of 9999 

for their average A/D word. The computer then begins stepping the 

output voltage from the DAC Calibrator, reading the A/D at each step. 

On the basis of the average value of the A/D word, the table is 

consulted to see if 1t already contains an entry closer to the code 

boundary than the current average A/D word. If the table entry is 

closer, the DAC is stepped to a new voltage. If 1t is not closer, the 

Fluke is commanded to read the output voltage of the DAC Calibrator and 

the resulting pair of measurements are entered into the table. 

This process 1s continued until all the DAC codes are exhausted. 

Then the computer checks for missing codes and interpolates the raw 

calibration data to the center of each code, resulting in the analog 

voltage to be associated with each A/D digital code. This process is 

summarized 1n Figure 5.7.1. In order to ensure that averaging of the 

A/D codes 1s the correct procedure, a noise source 1s summed with the DC 

voltage 1n the DAC Calibrator 1n order to get a symmetric distribution 
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Figure 5.7.1 Calibration Algorithm 
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of input voltages to the A/D. The Fluke filters out this noise with an 

internal 20 Hz lowpass filter. 

5.7.2 Circuit Description 

Figure 5.7.2 illustrates the circuit. The output can be seen to 

consist of the summation of a DC level generated by two AD 7543 DACs 

with a noise voltage. The Biomation 1010 is a 10-bit A/D so that in 

principle a 12-bit DAC is capable of providing a voltage reference of 

sufficient resolution and accuracy to calibrate all the A/D codes. In 

practice, however, a DAC's accuracy is less than its code resolution. 

Therefore it is desirable to have greater voltage resolution in the DAC 

Calibrator than that of one 12-bit DAC. Monotonicity is not a require

ment of this circuit since the Fluke voltmeter reads the DAC voltage, 

but resolution is. Therefore two DACs are used, the current mode DAC 

tied to the BB3527 inverting terminal is capable of spanning the A/D's 

input range and the second, operating in the voltage mode, is set with a 

full scale range corresponding to four Ibs's of the first DAC. 

The noise has a lower cutoff frequency of 15 KHz set by 

the .02 viF capacitor and the 500Q resistor at the output of the HAI-

5195. The frequency corresponds to a period of 62 yS. A period of 

100 yS corresponds to 500 A/D samples at 5 l^. This means that the 

A/D average will not be biased by noise spectral components that are 

too long in period to average out over one A/D record. 

Operation of the circuit is extremely simple. The DACs used 

were selected because they accept serial input data. This keeps the 1/0 
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Figure 5.7.2 DAC Calibrator Circuits 
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lines required down to a minimum. The loading of the DAC with digital 

data is straightforward. Serial data is presented at the SRI input one 

bit at a time. The STB1 line is then used to strobe the bit into the 

serial input register. This cycle is executed a total of twelve times 

to fill the serial input buffer. Once this is accomplished, the LD1 

line is strobed to latch this data, in parallel at the DAC bit switches. 

To minimize the number of I/O lines the corresponding SRI and STB1 lines 

of each DAC are tied together. This means that the shift registers for 

each DAC always get loaded with the same data. However, the LD1 lines 

are kept separate to allow independent input codes to each DAC. 

Testing consists simply of writing the program to calibrate the 

A/D, which will, as part of its function, ramp the output voltage of the 

DAC Calibrator. This has been done and the unit used to calibrate the 

A/D. 

5.8 System Alignments 

The last aspects of the system that need to be documented are 

the final system adjustments, functional tests and a noting of any 

system refinements that would be desirable. This part of the hardware 

development is the most interesting since even though the subsystems 

have been thoroughly tested, only when all are interconnected will the 

quality of the system design become known. 

5.8.1 Final Adjustments 

The major system adjustment involved synchronizing the A/D 

sampling clock with the Stage Control clock. Even though each of these 
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clocks is derived from the same oscillator, phase shift between the two 

exists due to the different amounts of gating each is subject to. The 

result is that the Stage Control Clock lags the A/D clock. Therefore, 

it is necessary to find out the difference in time between the rising 

edges of these clocks. Then this difference between the two is adjusted 

so that 20 to 30 nS after the A/D acquires a sample, the Stage Control 

clock allows a change in the gain stages. This ensures integrity of the 

data sample immediately preceding a gain switch, but still allows 

maximum time for analog settling before the next sample. This straight

forward procedure was hampered somewhat when the propagation delays 

through the opto isolators were measured to be 50 nS for a falling edge 

output, and 70 nS for the rising edge. This meant that the Grey code 

originally used had to be modified so that only falling edges were used 

for the transitions between the 2 MHz stages, Stages 0 through 3. 

Rising edges are used in Stages 4 and 5 since these stages are over-

sampled. Therefore, the first sample in these stages can be discarded 

due to lack of amplifier settling without compromising the information 

available from the stage. The codes used then are in Table 5.8.1. 

Figures 5.8.2 - 5.8.6 represent the time relationship between the A/D 

clock and the analog switching before the A/D clock was delayed. The 

A/D clock was probed directly at the flip-flop during the T/H. Figure 

5.8.1 shows the relationship between when the decoder changes state and 

when the analog output begins changing so that the 150 nS settling times 

of Section 5.6, which were referenced to the decoder outputs, can be 
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Figure 5.8.1 0 to 1 Transition with Decoder Output Reference 

Vertical: 2V/div, both traces 

Horizontal: 50 nS/div 



Figure 5.8.2 0 to 1 Transition Before A/D Clock Delay 

Vertical: 2V/div, both traces 

Horizontal: 50 nS/div 

Figure 5.8.3 1 to 2 Transition Before A/D Clock Delay 

Vertical: 2V/d1v, both traces 

Horizontal: 50 nS/div 



Figure 5.8.4 2 to 3 Transition Before A/D Clock Delay 

Vertical: 2V/d1v, both traces 

Horizontal: 50 nS/div 

Figure 5.8.5 3 to 4 Transition Before A/D Clock Delay 

Vertical: 2V/d1v, both traces 

Horizontal: 50 nS/div 



Figure 5.8.6 4 to 5 Transition Before A/D Clock Delay 

Vertical: 2V/div, both traces 

Horizontal: 50 nS/div 
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Table 5.8.1 Analog Multiplexer Stage Codes 

Binary Representation 
Stage Multiplexer Input of Input Code 

0 7 111 

1 6 110 

2 4 100 

3 0 000 

4 1 001 

5 3 011 

6 3 011 
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used. The extra 20 nS due to a rising edge compared to a falling edge 

can be seen by comparing Figures 5.8.5 and 5.8.6 to 5.8.2 through 5.8.4. 

Delay of the A/D clock was accomplished by inserting a cascade of four 

inverters in the A/D clock path. This yielded the results of Figures 

5.8.7 to 5.8.11. These photos show that the A/D will clearly digitize 

the analog signal before the switch occurs with 20 nS to spare as well 

as enough time elapses for the A/D input to settle before the next 

sample is taken. 

5.8.2 Functional Test 

The first test is to guarantee that the 5195's that drive the 

analog multiplexer settle to the ±15 mV level before the H0S-050 

settles. The point here is that the input signal to the H0S-050 is the 

reference for settling time, but it must be established that the input 

is correct. To this end Figure 5.8.12 shows the behavior of the Stage 1 

5195 that drives the analog multiplexer before, during and after a 

switch from Stage 0 to 1. Clearly the input to the H0S-050 is stable 90 

nS after the gain switch occurs. Apparent also is the 40 MHz bandwidth 

of the 5195. All the other stages exhibit the same behavior. 

The next series of tests were for functionality. Figures 

5.8.13 - 5.8.17 demonstrate gain switching without noise with both the 4 

and 16 yS exponentials. In Figure 5.8.13, all six stages can be seen. 

The different comparator thresholds are evident as well as the headroom 

in each stage. The ±2.5 V window of the A/D coincides with the dotted 



Figure 5.8.7 0 to 1 Transition After A/D Clock Delay 

Vertical: 2V/div, both traces 

Horizontal: 50 nS/div 

Figure 5.8.8 1 to 2 Transition After A/D Clock Delay 

Vertical: 2V/div, both traces 

Horizontal: 50 nS/div 
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Figure 5.8.9 2 to 3 Transition After A/D Clock Delayed 

Vertical: 2V/div, both traces 

Horizontal: 50 nS/div 

Figure 5.8.10 3 to 4 Transition After A/D Clock Delayed 

Vertical: 2V/div, both traces 

Horizontal: 50 nS/div 



Figure 5.8.11 4 to 5 Transition After A/D Clock Delay 

Vertical: 2V/div, both traces 

Horizontal: 50 nS/div 
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Figure 5.8.12 Multiplexer Input Settling 

Vertical: Top trace, 2V div 
Bottom trace 100 mV/div 

Horizontal: 50 nS/div 

Figure 5.8.13 16 yS Exponential Gain Switching 

Vertical: lV/div 

Horizontal: 50 pS/div 



horizontal axes of the graticle. Stage 6, which represents the last 

portion of the exponential can be seen to depart from the exponential 

characteristic. This is due to the exponential and not the stage. This 

was demonstrated by removing Stage 1 from the Amplifier Chain by 

removing the Stage 1 output jumper and putting the exponential in at 

Stage 2. With this modification, the Stage 6 trace was exponential. 

Further, when the exponential is shut off by the logic resetting, the 

Stage 6 output drops immediately to zero as expected due to the proper 

operation of the auto-zero. Figure 5.8.15 demonstrates the 4 S ex

ponential as input. There are two things to be noticed about this 

photograph. The first is the pronounced 125 KHz ringing in Stages 5 and 

6. This is due to the natural response of the passive filters. This 

can also be seen to a smaller extent in the 500 KHz filtered output of 

Stage 4. Second is the very large signal coming out of the GSA when the 

amplifier switches into Stage 5. This effect is not seen in Figures 

5.8.13 and 5.8.14, and is explained by the delay through the filters. 

Figures 5.8.16, 5.8.17 and 5.8.18 show the GSA output with the outputs 

of Stages 3, 4 and 5 respectively superimposed. The individual stage 

outputs are probed at the filter inputs. Figure 5.8.16 shows that the 

input and output of the Stage 3 filter are virtually simultaneous. 

Figure 5.8.17 shows that there is a delay of less than 2yS through the 

500 KHz filter and Figure 5.8.18 shows a delay of about 6yS through the 

125 KHz filters. Since the time spent in each stage is on the order of 

6 yS, the large Stage 5 signal when the GSA is in the gain switched mode 

is understandable. 
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Figure 5.8.14 16 yS Exponential Gain Switching, Expanded Scale 

Vertical: lV/div 

Horizontal: 20 yS/div 

Figure 5.8.15 4 yS Exponential Gain Switching 

Vertical: 2V/div 

Horizontal: 10 yS/div 



Figure 5.8.16 GSA and Stage 3 Outputs 

Vertical: 2V/div 

Horizontal: 10 vS/div 

Figure 5.8.17 GSA and Stage 4 Outputs 

Vertical: 2V/div 

Horizontal: 10 yS/div 



Figure 5.8.18 GSA and Stage 5 Outputs 

Vertical: 2V/d1v 

Horizontal: 10 viS/div 

Figure 5.8.19 16 MS Exponential with Noise 

Vertical: lV/div 

Horizontal: 20 yS/div 
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Figure 5.8.19 represents the GSA switching characteristics in 

the presence of noise. As can be seen there is about 1 V peak to peak 

of noise in Stages 5 and 6, but the GSA is not clipping any points. At 

this point 200, 400 and 800 nS delays between comparator polls were 

tried with the 800 nS delay giving by far the best results. When the 

noise was switched in, however, an unexpected effect took place. Some

times the transition between Stages 3 and 4 would not occur properly and 

the GSA would select Stage '0 instead. Errors in gain switching occurred 

only at this transition and only with noise present. This means that 

the noisiest transition, Stages 4 to 5, exhibited no errors. The com

parator monitoring Stage 0 did not signal for the GSA to be in Stage 0 

at any time false switching occurred. The relative frequency of the 

effect was on the order of .5% with 400 nS between polls and .2% with 

800 nS between polls. The problem is that the Stage Request Word is 

coded in binary and in the three to four transition, all three bits 

change. In the case of four to five, only one bit changes. The point 

here is that even though the polling drastically reduces the number of 

false switches caused by polling during comparator changes, the noise is 

such that the likelihood of a comparator changing levels near a switch 

point is very high. While the effect is minor, the .5% rate implies 

that two records from a sixteen minute run will have to be 

discarded. While this is not significant it does mean that a program 

will have to be written to discard all data runs in which this occurs. 

The solution to the problem is to simply rewire the Stage Request Word 



encoder to generate the same code as that used by the decoder for the 

Analog Multiplexer. Then the only hardware changes necessary would be 

to decode this code to drive the STR and stage display on the logic. 

The system has been connected to the computer and does properly 

interface. This includes initiating the discharging of the exponential, 

recoding of the data, transfer of the data and the A/D entering display 

mode to drive the monitor. 



CHAPTER 6 

FUTURE DEVELOPMENTS 

Given that the system parameters, such as stage gains and 

bandwidths, are determined by a number of initial experiments and the 

hardware appropriately modified to accommodate for this and the two 

lasers needed for the differential technique, the system will them be a 

source of valid atmospheric data. As a consequence of this, the re

maining outstanding problems will have to do with proper analysis of 

the data. 

The first potential area of investigation would arise if it was 

found that the bandwidth restriction on the stages necessary to bring 

the number of clip points at each stage switch to an acceptable level 

was severe enough to cause loss of accuracy as discussed in Section 3.4. 

In this case it is possible that the appropriate number of the clipped 

points could be inferred from adjacent time points in the record. That 

is to say that unless the clip points correspond to an altitude where 

the atmosphere's characteristics are significantly different from the 

altitudes just above and below, then the missing points in the clipped 

altitude histogram can be partially inferred by the histograms from the 

altitudes just above and below. Developing this procedure and estab

lishing confidence levels on its accuracy would be an interesting prob

lem. 

149 
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Another concern is the effect of the finite bandwidth of the 

electronics on the signal spectra. The problem is that the lidar in

formation is in the higher frequency spectral components of the return. 

2 
The lower frequencies are responsible for the 1/Z fall off and carry no 

information. However, these higher frequencies are most susceptible to 

phase distortion from the eighth order filters. To get an idea of the 

magnitude of the problem we note that the phase shift of an eighth order 

Butterworth is 180° at a frequency of .6 of the band edge (Budak, p. 

508). This means that the spectral component of the lidar signal at 

this frequency is emerging from the filter inverted. Therefore, if this 

phase shift is not to be taken into account, the atmospheric profile 

would be more accurate if this spectral component was simply deleted. 

This phase distortion then, since it represents a frequency dependent 

delay through the filters, means that if the GSA output is interpreted 

at each data point as if it was giving information from the altitude 

computed from the lidar speed, then the entire profile will be skewed to 

higher altitudes. 

To investigate how serious this effect is requires knowledge of 

the spectral content of the lidar return signal. Probably the easiest , 

way to begin would be to examine the spectral composition of the signal 

in each stage, itself a problem due to FFT leakage effects. This 

momentarily avoids two problems. First, how to reassemble the lidar 

return to remove the effects of gain switching. This is probably not a 

problem for stages 0 to 3 where the filters used are all identical, but 



151 

for transitions involving stages 4 and 5 where there are bandwidth 

changes, inferring the input signal is non-trivial. The second problem 

is setting up the transform integrals to take into account the fact that 

the signal error is not a percentage of full scale, but rather as a 

percentage of the signal magnitude. The problem is that since the 

return possesses a dynamic range of about 70 dB, if the effects of the 

gain switching were removed and the entire signal transformed, the least 

squared error criteria of the transform integral would dictate that the 

first 20 dB of the return would fix the spectral characteristics of the 

entire return. Therefore, a different type of transform integral might 

have to be developed to process the entire signal. To begin the prob

lem, however, transforming individual stages should be sufficient. 

Once the spectral' content of the signal is known, the non-linear 

effect of the expression for "p has to be evaluated. Clearly the multi-

2 
plication by Z required in Eqn (1.1.23) will shift the spectrum of 

return to lower frequencies. In addition, the spatial inte

gration will attenuate the higher frequencies. In addition, the non-

linearity of the equation will make the magnitude of the effect signal 

dependent. 

If, after the above investigation is completed, it is found that 

the phase shift does have a significant effect, then the GSA output will 

have to be deconvolved from the filter transfer functions. This is 

complicated not only by the previously mentioned gain switches but also 

by numerical accuracy requirements. This means that the deconvolution 
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procedure cannot simply differentiate the output signal analagously to 

how the GSA integrates the signal. This is because the higher frequency 

components of the signal and noise, due to filter rolloff, are not known 

to an accuracy level comparable to that of the in band components. The 

action of differentiation though will weight most heavily those fre

quency components known least accurately. Therefore a procedure has to 

be devised to process only the in band components while keeping the out 

of band components suppressed. This may be as simple as just truncating 

the transform of the lidar return at the band edge, dividing by the 

stage transform and then transforming back to the time domain. 

The most interesting problem, however, is detecting the lidar 

return in the presence of atmospheric and, most importantly, detector 

noise. This problem is further complicated by the fact that the atmos

phere is dynamic. It must be kept in mind that the final goal is to get 

a time dependent record of the atmosphere accurate to the 3% level. One 

factor that the experimentalist has in his favor at this point is that 

the PMT current obeys Poisson statistics, as described by RCA (RCA 

Photomultiplier Tube Handbook). This means that the current noise is 

well understood and is due to the variance of the current rather than an 

additive noise term. With the statistics of the bulk of the noise known 

it appears that the lidar return is an excellent candidate for enhance

ment via digital signal processing techniques. Further, the assumption 

that the atmosphere and the laser are stable during a data run can be 

checked statistically by running tests on the raw data after the data 
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is taken. One possible technique is Kalman filtering. While it is not 

yet clear that the lidar return is consistent with the requirements for 

Kalman filtering, the technique should be looked at very closely. This 

is because it requires a statistical model of the signal that has 

memory. By adjusting model parameters on the basis of some type of best 

fit criteria it should be possible to begin to make statements on the 

stability of the atmosphere and laser over time. One immediate appli

cation that would be relatively simple would be to check correlation 

between the energy monitor output and the integrated signal from GSA. 

It would seem that since both are monitoring the energy of the laser 

pulse that there should be a strong correlation. Once the accuracy of 

the energy monitor is established though the technique can be turned to 

the much more difficult problem of the atmosphere. 

In order to ensure, however, that the programs for the signal 

processing are working correctly, the exponential tester in the GSA can 

be used to provide an essentially noise-free signal as reference and a 

noise contaminated signal for processing. While the noise generator 

signal is independent of the exponential this is still a good start. If 

different noise characteristics are needed the noise generator output 

can be filtered before being input to the exponential generator. 

Another possibility is to parallel the ground referenced feedback re

sistor of the HA 5195 in the noise generator with a FET whose gate is 

biased by a signal derived from the exponential. This would generate 
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signal dependent noise. Alternatively, using random number generators, 

signals with known statistical properties can be calculated and the 

signal processing techniques debugged on them. In any case, once valid 

lidar data is available, the full potential of lidar can be realized by 

application of signal processing techniques. 
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The Hdar equation 1s repeated here for convenience. 

P(Z) = 2Cz^ * (Z)  exPC-2/o (Y+ pk)dr]  (A>1)  

The functions assumed for calculation of the hypothetical return are 

listed below. 

y = system efficiency 

c = 2.48 *108 m/s 

J = .1 joule 

A = 1 m2 

(Z) = 1.79*10~2 exp (-.131Z) 

-2fzoy dr = -2.29 [ 1- exp (-0.131Z)] 

-2 Sz (* dr = [-.925 [1- cos (— Z)] 

The S/N calculation is based on the relation for the standard 

deviation of the photocathode current of the PMT. See RCA Photomulti-

plier Handbook. We assume that the dynode gain of the tube 1s noise 

free. First we define the terms and then write the pertinent equations, 

iC(Z) = photocathode current at altitude Z 

1n(Z) = standard deviation of 1C(Z) 

e = electronic charge, 1.6 x 10'19coulb 

S = sensitivity of the photocathode at 308 nM 4 x 10'12 A/W 

n = transmission losses in the optics, .3 
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B = noise bandwidth, 2 MHz 

P(Z) = back scattered power from altitude Z 

1„ - [2e 1C(Z)B]^ (A 2)  

1C " P(Z)Sn (A.3) 

We next define the S/N ratio 

S/N (2) = 1C(Z)/1„(Z) 

• 1c(Z)/[2e1c(Z)B]'s 

(fl.4) 

1c (Z  k 
- [ -5— r 

2eB 

= j- P(Z) Sn ^ 

2eB 

= PCZ)^ * 1.37*105 (A.5) 

We further list the S/N(Z) expected after improvement by shot 

k 3 
averaging. This effect increases S/N(Z) by a factor of n2 where N=10 . 



Table A.l Hypothetical Lidar Return 

Z S/N S/N* N P(Z) Z S/N S/N* N P(Z) 

7.00 95. 3 3013 

7.50 82. 8 2603 

8.00 72. 3 2286 

8.50 63. 5 2008 

9.00 56. 0 1770 

9.50 49. 7 1571 

10.00 44. 1 1394 

10.50 39. 4 1245 

11.00 35. 2 1113 

11.50 31. 6 999 

12.00 28. 4 898 

12.50 25. 6 809 

13.00 23. 2 733 

13.50 21. 0 664 

14.00 19. 0 600 

14.50 17. 3 547 

15.00 15. 7 496 

15.50 13. 9 439 

16.00 13. 1 414 

16.50 12. 0 380 

17.00 11. 0 348 

17.50 10. 0 316 

18.00 9. 2 290 

18.50 8. 5 267 

19.00 7. 8 246 

19.50 7. 2 227 

20.00 6. 6 208 

20.50 6. 1 192 

21.00 5. 6 177 

21.50 5. 2 169 

22.00 4. 8 151 

0. 4842E -06 
22. 50 

0. 3656E -06 23. 00 

0. 2791E -06 23. 50 

0. 2153E -06 24. 00 

0. 1676E -06 24. 50 

0. 1315E -06 25. 00 

0. 1039E -06 25. 50 

0. 8274E -07 26. 00 

0. 6625E -07 26. 50 

0. 5333E -07 27. 00 

0. 4315E -07 27. 50 

0. 3508E -07 28.00 

0. 2864E -07 28. 50 

0. 2348E -07 
29. 00 

0. 1932E -07 
29. 50 

0. 1595 E -07 30. 00 

0. 1321E 
-07 30. 50 

0. 1097E -07 31. 00 

0. 9149E -08 31. 50 

0. 7644E -08 32. 00 

0. 6404E -08 32. 50 

0. 5378E -08 33. 00 

0. 4527E -08 33. 50 

0. 3819E -08 34.00 

0. 3229E -08 34. 50 

0. 2735E -08 35. 00 

0. 2322E -08 35. 50 

0.1975E -08 36. 00 

0.1683E -08 36. 50 

0.1437E -08 37. 00 

0. 1229E -08 37. 50 

4. 4 139 0.1054E 
-08 

4. 1 129 0.9049E -09 

3. 8 120 0.7782E -09 

3. 5 110 0.6704E -09 

3. 3 104 0.5786E -09 

3. 1 . 98 0.5002E -09 

2. 8 88 0.4332E -09 

2. 6 82 0.3757E -09 

2. 5 79 0.3265E -09 

2. 3 72 0.2842E -09 

2. 2 70 0.2478E -09 

2. 0 63 0.2164E -09 

1. 9 60 0.1894E 
-09 

1. 8 57 0.1660E 
-09 

1. 65 52 0.1457E 
-09 

1. 54 49 0.1282E 
-09 

1. 4 44 0.1129E 
-09 

1. 36 43 0.9971E 
-10 

1. 3 41 0.8817E 
-10 

1. 2 40 0.7810E 
-10 

1. 1 35 0.6930E -10 

1. 07 34 0.6161E -10 

0.5487E -10 

0.4895E -10 

0.4375E -10 

0.3918E -10 

0.3515E -10 

0.3159E -10 

0.2844E 
-10 

0.2565E 
-10 

0.2318E 
-10 
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The purpose of this appendix is to document the logic and energy 

monitor at the circuit level. The Timing Logic, Stage Control Logic, 

Stage Tracking Register, Computer Interface and Energy Monitor will be 

discussed in succession. 

B.l Timing Logic 

The purpose of the timing logic is to generate the necessary 

control signals for the ozone lidar system. See Figure B.l for the 

circuit. A highly accurate 10 MHz time base generator is divided to 5 

MHz for the sampling clock and 1 MHz for the sequencing clock. The 

state of the timing logic is determined solely by flip-flop CW-A. When 

reset, two events occur, the auto-zero circuits in the GSA are held in 

the track mode and sequencing shift registers CY and CX are cleared. 

The latter subsequently results in the initialization of the sample 

clock counters (IC's DS, ES, ET), and the loading of the contents of 

the delay register (IC's DZ, DY) into the delay counters (IC's DX, DW). 

A shot request signal sets flip flop CW-A which commands the auto-zero 

circuits in the GSA to enter the hold mode. This action results in the 

enabling of sequencing shift register CY. The sequencing clock now 

generates the control signals with the exception of the laser fire 

signal if flip flop CW-B had been set prior to the shot request. The 

shot sequence is terminated when flip flop CW-A is reset by a pulse from 

the sample clock counters. 

B.2 Stage Control (Select) Logic 

Refer to Figure B.2 for this discussion. Stage request data 

from the GSA is latched into flip flops CV-A, CW-A, CX-A on each rising 
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edge of the switching clock. Data is transferred to flip flops CV-B, 

CW-B, CX-B one clock edge later unless the stage request data has 

changed. The state of the B flip flops is displayed via 7-segment LED 

display, recorded by the STR, and is sent to the GSA to select the gain 

stage. The switching clock is generated using IC's BZ and BY to divide 

the sampling clock as a function of stage. The contents of the stage 

register (IC CT) is loaded into flip flops CV, CW, and CX at all times 

when in stage jam mode and when the switch enable signal is not present 

when in gain switch mode. The stage register can be loaded manually or 

by computer. 

B.3 Stage Tracking Register (STR) 

The STR is essentially an extension of the A/D memory. For each 

sample word in the A/D memory there is a corresponding word in the STR 

representing the gain stage that the GSA was in at the time of that 

sample. The computer reads these corresponding words as a single 14-bit 

word (10 bits A/D, 4 bits STR), thus the STR uses the same address and 

handshake signals as the A/D. Consult Figure B.3 for the following 

explanation. 

The STR consists of 2048 4-bit words implemented using two INTEL 

2149 HL static RAM's connected in cascade. The 11 LSB's of a 12-bit 

counter (IC's CX, CW, CV) address the memories to select a specific 

word. The MSB selects the read or write mode of operation. During the 

write mode, the sampling clock is selected by IC DT, a data selector, to 

clock the counter and strobe stage data into the memories. The memories 
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are written into during the low level of the sampling clock and are 

disabled during the high level. To ensure that the memories are 

disabled when the counter is changing, the sample clock is fed back 

through IC DT again before being applied to the counter clock input. 

During the read mode, the gain stage data is removed from the memory 

bus, the memories are read enabled, and IC DT selects EWR as the counter 

clock. When the desired number of words have been read from the STR, 

the computer issues the OSR strobe which resets the counter. This 

readies the STR for the next shot by restoring the write mode. Flip 

flop pair ES delays the EWR by 1 count to properly synchronize the A/D 

and STR during read mode. 

B.4 Computer Interface 

Refer to Figure B.4 for this section. Interfacing the PDP-11/23 

computer to the logic is via one of the PDP's DRV 11 parallel line 

units. The essential signals for our needs was the DRV ll's 16 latching 

output lines (DROUTBUF) and 16 input lines (DRINBUF). The four MSB's 

of DROUTBUF (bits 12-15) are used to address a specific logic function. 

When addressed, the remaining bits of DROUTBUF are used for data input 

or strobes as required by that specific logic function. Addressing also 

enables data or strobes to be sent from a logic function to the computer 

via tri-state drivers to DRINBUF. Each logic function uses quad ex

clusive or gates and a 4-input AND gate for address decoding. LS 240's 

are used to buffer the DRV-11 signals which connect to the logic chassis 

via 20 feet of flat ribbon cable. This design is flexible enough so 
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that differential drivers and receivers can be used instead, if neces

sary. The required number of board edge connecter pins necessitated 

using two boards. A handles DROUTBUF while B handles DRINBUF. 

B.5 Energy Monitor 

Refer to Figure B.5 for this section. Laser energy is sensed by 

the photodiode which charges the 100 pF holding capacitor. This voltage 

is buffered and applied to the input of an LF 398 sample and hold chip. 

The rising voltage at the buffer output is sensed by a comparitor which 

triggers a 74LS221 dual one-shot. One 1-shot gets the sample and hold 

while the other triggers the DVM (FLUKE). The DVM input senses the 

sample and hold output. 

B.6 Mode Control 

This function is documented in Figure B.6 . Both the DAC 

control signals as well as the switches for the manually controlled 

options such as TAU SELECT. 
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The numerical example that follows is conceptually simple. The 

idea is to find out how large the systematic error introduced when A/D 

code boundaries do not lie symmetrically over the symmetric Gaussian 

probability density assumed for the parent population of the measured 

quantity. To be clear about how the calculation was performed, the 

procedure will be outlined. For notational purposes, the variable being 

averaged will be denoted x.. 

The table of the Gaussian distribution function assumes a zero 

mean and is tabulated in .01 increments. We assume a full code width 

of .32. See Figure C.l We next assume that the actual density has a mean 

of .08. See Figure C.2. The center of the code is clearly at .16, and 

this is the value used in calculating the contribution of this code to 

the mean and variance. The probability density for each code is needed 

next. Since the Gaussian is shifted up by .08, the code boundaries, as 

far as the table is concerned, have been shifted down by .08. This is 

illustrated in Figure C.3. With the probability weighting of each code 

and the value of each code specified, the rest of the calculation is 

straightforward. The only precaution is that the Gaussian must be 

sampled symmetrically to avoid bias in the results. 

Consulting Table C.l we find the mean, to four places of 

precision to be .0800. This means that the bias is not significant. 

Next the standard deviation is to be calculated. We first note, con

sulting Table C.2 that the calculation extends only over three standard 

deviations, but that the contributions to x are still in the second 

place. Therefore we expect this calculation to yield a low value for 

the standard deviation. 
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Code Code 

.08 .16 24 .32 .40 16 -.08 0 .40 -.32 -.24 

Figure C.l Unbiased configuration 

Code Code 

.40 -.32 -.24 -.16 -.08 0 .08 .16 .24 .32 .40 

I 
<X> 

Figure C.2 Code borders with .08 mean Gaussian 

Code Code 

-.40 -.32 -.24 -.16 -.08 0 .08 .16 .24 .32 .40 

Figure C.3 Code boundaries for calculating 
probabilities of code occurrence 
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a2 = <(x - <X>)2 > 

= <x2> - <X>2 

We also recall that a2 will be low by the quantization noise. 

Therefore this effect needs to be added in. Using Eqns (3.2.24) and 

(3.2.6). 

a2 = .9602 - (.08)2 + (.32)2/12 

= .9623 

a = .9810 

This value, while low, is explicable in terms of the truncation 

of the Gaussian. 

« 
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Table C.l 

Calculation of Mean 

Code Calibration 
Code Boundaries erf Value to x 

-3.28, -2.96 .0010 -3.04 -.0030 

-2.96 -2.64 .0026 -2.72 -.0071 

-2.64 -2.32 .0061 -2.40 -.0146 

-2.32 -2.00 .0126 -2.08 -.0262 

-2.00 -1.68 .0237 -1.76 -.0417 

-1.68 -1.36 .0404 -1.44 -.0582 

-1.36 -1.04 .0623 -1.12 -.0698 

-1.04 - .72 .0866 - .80 -.0693 

- .72 - .40 .1088 - .48 -.0522 

o
 

1 -  .08 .1235 - .16 -.0198 

OO o
 

1 .24 .1267 .16 .0203 

.24 .56 .1175 .48 .0564 

.56 .88 .0983 .80 .0786 

oo
 

oo
 

1.20 .0743 1.12 .0832 

1.20 1.52 .0508 1.44 .0732 

1.52 1.84 .0314 1.76 .0553 

1.84 2.16 .0175 2.08 .0364 

2.16 2.48 .0088 2.40 .0211 

2.48 2.80 .0040 2.72 .0109 

2.80 3.12 .0017 3.04 .0052 

3.12 3.28 .0004 3.36 .0013 

.0800 
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Code Calibration 
Code Boundaries erf Value to x 

-3.28, -2.96 .0010 -3.04 .0092 

-2.96 -2.64 .0026 -2.72 .0192 

-2.64 -2.32 .0061 -2.40 .0351 

-2.32 -2.00 .0126 -2.08 .0545 

-2.00 -1.68 .0237 -1.76 .0734 

-1.68 -1.36 .0404 -1.44 .0838 

-1.36 -1.04 .0623 -1.12 .0781 

-1.04 - .72 .0866 - .80 .0554 

- .72 - .40 .1088 - .48 .0251 

O
 • 

1 -  .08 .1235 - .16 .0032 

- .08 .24 .1267 .16 .0032 

.24 .56 .1175 .48 .0271 

.56 .88 .0983 .80 .0629 

00 00 

• 1.20 .0743 1.12 .0932 

1.20 1.52 .0508 1.44 .1053 

1.52 1.84 .0314 1.76 .0553 

1.84 2.16 .0175 2.08 .0757 

2.16 2.48 .0088 2.40 .0507 

2.48 2.80 .0040 2.72 .0296 

2.80 3.12 .0017 3.04 .0157 

3.12 3.28 .0004 3.36 .0045 

.9602 
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SYSTEM NOISE ANALYSIS 

This appendix demonstrates that the system noise is dominated by 

PMT noise. Figure D.l is of the Stage 0 circuit with all the noise 

sources drawn in. The subscripts match each source with a resistor sub

script or the amplifier. The noise source associated with , e^, has 

been pushed through the capacitor C. For the analysis of Stage 0, the 

first step is to notice that e^ drives the virtually grounded load of C 

and R.j. This represents a high pass filter with the cutoff at 4.4 MHz. 

Therefore e will be ignored. We notice that the virtual ground pro

hibits any noise source from developing a voltage across the R^C net

work. Therefore R^ and C are eliminated from the circuit. Because of 

this R f  is in series with an op-amp terminal and therefore is assumed 

not to conduct current. The resulting circuit is now Figure D.2. The 

next thing to realize is that e^ and e^ contribute a voltage source in 

series with e^ and e^, equivalent in magnitude to that noise source 

associated with a single resistor equal to the parallel combination of R^ 

and R0. R is defined as the resistance of the parallel combination of 
2 P 

Rj and R2 and is equal to .81K . This gives rise to the equivalent 

noise generator e^. Therefore it is necessary to add these three inde

pendent noise sources together. The total effective noise associated 

with e, and e can be thought of as due to one RMS resistor of value 
f p 

177 
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OP-37 

Figure D.l Stage 0 Noise Model 

Figure D.2 Stage 0 Equivalent Noise Model 

Legend for D.2 

R i  = 2.4K 

R f  = 3K 

Rj = 4.3K 

Gain = 20.35K G 

R2 = IK 

C = 15 pf 

E37 = 3  nVA/"z 

E37 = .4 pA/VX 
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3.11K . Now the two remaining sources are added together. Denoting the 

O 
square of the total rise voltage spectral density are V ;  

V2 = E2
? + 4KT (3.11*103) 

9 2 
V2 = (3 nV)2 4(1.38 x 10"23) (300) (3.11*103)*(-^J^) 

"Hz v 

= 60.5 nV2/[Hz] 

V =7.78 nV/ Hz 

The noise voltage is obviously multiplied by (R1 + R2)/R2 t,o 

appear at the output of the amplifier. This represents a gain of 5.3. 

Now this is divided through by the transimpedance gain of 20.35K to 

reference this to the input as a current. This results in a source of 

value 2 pA/ Hz. Adding this to i^ results in an equivalent input noise 

current of 2.04 pA/[Hz] . Just to check to see if Stage 1 has no signi

ficant contribution we refer to LH0032 input noise voltage of 20 nV/[Hz] 

as a current to the input of Stage 0. This results in an imput current 

of 1 pA/[Hz] . This results in an input noise current of 2.27 pA/[Hz] 

as the total input referenced noise current of the GSA. Input current 

noise of the LH0032's is ignored due to lack of data. While it is true 

that the contribution of Stage l 's feedback resistors has not been taken 

into account it will soon be demonstrated that the size of the PMT noise 

obviously is such as to render the effect of the omission negligible. 
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To demonstrate this we find the power level incident on the 

photocathode of the PMT that will generate the same current noise 

spectral density as that of the GSA. Therefore if G is the gain of the 

PMT, we write; 

i  *G = 2.27 pA/ [Hzf2 

n 

Using the equation for the magnitude of the noise current spectral 

density we get; 

[2e P{Z)S n]®5 G = 2.27 pA/ [Hz]1* 

p (z )  « .2.27 pA/ Hz.g 1 
v '  ^ & '  2eSn 

Using the values of Appendix A 

P(Z) = .134 x 10"12 W 

This power level is two orders of magnitude less than that 

associated with the highest altitude in Appendix A. Since the magnitude 

of the noise is proportional to the amount of power incident on the 

photocathode, we see that this means that the electronic noise can be 

completely ignored in comparison to the PMT photocathode noise. 
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Figure E.l is a block diagram of a generalized auto-zero scheme. 

There are two realizations of this of interest, both applied to the 

amplifier chain of the Analog Electronics Module. The first is a simple 

auto-zero constructed using an integrator and transistor pair to drive 

the offset pins of a single op-amp as in Figure E.2. This approach then 

would be applied to each of the gain stages. The second approach is 

that of Figure E.3 in which the auto-zero loop is applied around all 

five gain stages. To judge the viability of either of these two 

arrangements, the transfer function and time response are both required, 

the problem is that some technique for ensuring a DC baseline within 

±.5 mV of zero is required. This type of auto-zero, however, will inte

grate the sequence of unipolar lidar signals comprising a data run until 

the DC component of the return sequence has been nulled by a baseline 

shift of the amplifier chain. This shift, however, is to be kept within 

the ±.5 mV band to eliminate DC errors as an object of concern. 

Solution of the system of Figure E.l yields Eqn (E.l) as the 

transfer function. 

E« A.AG 
% = [ (E.l) 

i  A,A+G sx+ 1 
T 

AjA+G 

AGLs i  

We note in the above equation that the gain of the integrator is less 

than one, that is to say that it really represents a loss in the 



S/S 

Figure E.l Auto-Zero Block Diagram 

• Eo 

Figure E.2 Auto-Zero for Amplifier Chain 
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feedback path. This is how large time constants are constructed in the 

scheme. 

We will now apply Eqn (E.l) to the first case of nulling an 

individual amplifier. Gain block represents the gain of the input 

stage of the op-amp as the offset pins actually access the input to the 

second stage of the op-amp. Gain block A represents the bulk of the 

open loop gain of the amplifier. If we assume 

A » A , G, (E.2) 

then the transfer function is given by Eqn (E.3). 

E°/ = G* 21— 
i S T +1 (E.3) 

where 

Ai 

GLs, 

Next we assume a rectangular pulse of temporal width d as the 

input. This pulse will deliver the same total charge to the integrator 

as the active lidar pulse. This is permissible because the length of 

time during which the integrator acquires a bias from the lidar pulse is 

much less than the time interval the integrator has to relax from this 

bias. Explaining further, the integrator picks up charge at a rate 

proportional to the output voltage of the stage, on the order of twelve 

volts when the return is in the amplifier. However, the change in the 
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output voltage of the integrator has to be on the order of millivolts in 

order to keep from affecting the offset of the LH0032. This means that 

the time constant for the integrator will have to be on the order of a 

thousand times larger than d. This means, in turn, that it will take at 

least a thousnd times longer for the integrator to relax from the bias 

acquired from the lidar signal as it did to acquire the bias. This time 

is available due to the low repetition rate of the system and is the 

reason that the details of the pulse shape is unimportant. 

Therefore, the input signal in the time domain is given by Eqn 

(E.4) 

E-j(t) = M [u_x (t) - u_j (t-d)] (E.4) 

Transforming to the frequency domain results in Eqn (E.5). 

E^(S) = M s"1 [ 1 - exp ( -sd)] (E.5) 

The transform of the output uses Eqns (E.3) and (E.4) and results in Eqn 

(E.6) 

E (s) = M6 T [1 - exp (-sd)] (E.6) 
ST +1 

Transforming back to the time domain results in the transient response, 

EQ(t) = MG exp (-t/x) [1- exp (d/t)] (E.7) 
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where d .< t  <00. 

As discussed after Eqns (E.3), d« T . Expanding exp (dA ) to first 

order results in EQ(t). 

e x p ( - t A )  ( E . 8 )  

where d ,< t < 0 0 .  

The above result, Eqn (E.8) is only for one gain block. The worst case 

stage is clearly Stage 5, since its input offset is due not only to its 

own auto-zero but also to the offsets induced in the four preceding 

stages. Therefore if the ±.5 mV criteria is met in Stage 5, all the 

other stages will meet this criteria. However, solving for Stage 5 will 

be tedious since all five auto-zero poles are involved. The approach 

taken will be to consider only the effect of the auto-zero of Stage 1 at 

the output of Stage 5. This will be close to the correct solution be

cause even though the single pole system will have a greater relaxa

tion time than the five pole system, the calculated offsets will be 

smaller since the amplifiers of the higher gain stages stay saturated 

longer. 

The last effect to take into account is the cumulative effect of 

the offsets after N shots. This is easily done by summing equations of 

the type of Eqn (E.8) with the appropriate delays. If we assume chat 
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the voltage at the output of Stage 5 is Vq, the gain of Stages 2 through 

5 is K and that the time between shots is T, we can immediately write 

Eqn ( E. 9) 

v = V - JSfid. exp (-21) (E .9) 
n=o T x 

where t = (N-l)T + d 

Rearrangement of the above yields Eqn ( .10) 

V . -J2BL V [eXp (1)""] (E .10) 
n=o 

Eqn (E.10) is clearly a finite geometric series. Further, it will 

diverge as N grows without band only if T < 0. Substition of the 

summation results in Eqn (E.ll) 

V = rexp (T/x) ;exP (-(N-l)TA) }  
o T L , exp (T/T)J vt.ii; 

We now observe that the exponential in the numerator of Eqn (E.ll) with 

the (N-l) dependency will be much less than the numerator exponential 

without this dependency due to the negativity of the argument and the 

large value of N, 1000. Therefore the final result is Eqn E.12 

„ _ -KMGd r  exp (T/T) , . 
Vo L exp (T/ T )  - 1  J  ( E - 1 Z )  

t = (N-1) + d 
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To evaluate this expression, K = 110, MG is the output voltage 

while the pulse is in the amplifier and, since we are assuming clipping, 

will be set to 12 volts. To arrive at a value for d we will assume that 

Stage 1 is clipped for the time the GSA is in Stage 0 and one-quarter of 

the time it is in Stage 1. This yields a value of 30 pS for d. Eqn 

(E.12) was evaluated for various T, T pairs with the above assumptions 

and the results tabulated in Table E.l. 

Now the second case, the Five Amplifier Loop, illustrated in 

Figure E.3, has to be considered. To do this we go back to Eqn (E.l) 

and let G grow without bound and set A to one. This results in Eqn 

(E.12). 

E°/E 
= A [ST+IT 3 

i 

where 

(E.12) 

1 
ALs, 

l  

Clearly this is the same form as Eqn (E.3) so that we can immediately use 

the results of the Single Amplifier Loop development. Therefore the 

accumulated offset is given by Eqn (E.13) 

V = -MA d 
O  T  c ifti -i  ̂

t = (N - 1)T + d 

MA is again the output voltage while the output is clipped and equals 12 

volts. Stage 5 will be assumed clipped while the signal is in Stage 0 

through 4, or for 130 yS. Following the same procedure as before, 

offsets are calculated and the results entered in Table E.l. 



Stage 5 

Stage 4 

Stage 3 

Stage 2 

Stage 1 

Figure E.3 Five Amplifier Auto-Zero 



Clearly the conclusion is that the Five Amplifier Loop is 

better, however neither is good enough. This is because the Single 

Amplifier Loop is followed by a high amount of gain, but this gain does 

not have any effect on the Five Amplifier Loop due to the clipping. 

This conclusion requires developing a switched auto-zero so that the 

integrator does not acquire the return, but only the quiescent offset. 
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Table E.l Accumulated Offsets for the Two Auto-Zero Topologies 

Single Amplifier Loop Five Amplifier Loop 

T (S) (S) V (mV) T(S) (S) V (mV) 

1 .1 -400 1 .1 -16 

1 1 - 63 1 1 - 2 

1 10 - 42 1 10 - 2 

1 100 - 40 1 100 - 2 

.05 .1 -1017 .05 1 -40 

.05 1 -820 .05 1 -32 

.05 10 -802 .05 10 -31 

.05 100 -800 .05 100 -31 
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The Cauer I  based synthesis procedure for lidar type filters 

outlined in Budak (1979, pgs 126-127), requires the numerator and 

denominator of the desired transfer function in the form of an un-

factored polynomial. This is simple in the case of the eighth order 

Butterworth as the normalized polynomial is well known both factored 

and expanded and is given below. See Budak (1979, pg 511). 

Dg = s8 + 5.1258 s7 + 13.1371 s6 + 21.8462 s5 + 25.688454 + 

21.8462 s3 + 13.1371 s2 + 5.1258 s + 1 (F.1-) 

= [(s + .1951)2 + .98082] [(s + .5556)2 + .83152] 

[(s + .8315)2 + .55562] [s + .9808)2 + .19512] (F.2) 

For the sixth order filter however, we know that the high Q pole pair 

has already been realized. Therefore this part, which has a Q of 

(2* .1951)"* or 2.56 is eliminated from Eqn (F.2) and the result expanded. 

This results in Eqn (F.3) 

Dg = s6 + 4.7346 s5 + 10.2850s4 + 13.0870s3 + 10.2855s2 + 

4.7346S + 1 (F.3) 

F.l Eighth Order Synthesis 

We begin rearranging the denominator polynomial into even and 

odd powered components. 

D0 = Ev8 +  0d8 (F.4) 

Ev8 = s8 + 13.1371s6 + 25.6884s4 + 13.1371s2 + 1 (F.5) 

Odg = 5.1258s7 + 21.8462s5 + 21.8462s3 + 5.1258s (F.6) 
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Since the order of Ev is greater than the order of 0d_, the procedure 
o 8 

is to realize the input admittance of the LC network seen by looking 

back to the generator from the load resistor, Y^. See Figure F.l. 

Therefore we form the input admittance below. 

Y lc  = Ev8/0d8 (F.7) 

Repeated division of this gives the element values and results in the 

normalized filter of Figure F.2. This filter was checked by solving for 

the transfer function and verifying that the desired transfer function 

has been synthesized. This network is then scaled to a IK impedance 

level and to .5 MHz and .125 MHz cutoff frequencies in the standard way. 

F.2 Sixth Order Synthesis 

The procedure is identical to that of the eighth order filter. 

Therefore, following the same format as in Section 6.1 we write the 

following three equations. 

D6 = EV6 • 0d6 ( .8) 

Ev, - S6 + 10.2855s4 + 10.2855s2 +1 ( .9) 
0 

0d6= 4.7346s5 + 13.0910s3 + 4.734s ( .10) 

Since the order of Ev^ is greater than the order of Odg, the procedure 

is to realize the input admittance of the LC network seen by looking 

back to the generator from the load resistor, . See Figure (F.l). 

Therefore we form the desired input admittance below. 

Y lc  - Ev f i/Odg (F.LL) 
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LC 

Figure F.l Filter Topology for Cauer I  Synthesis 

1.5608 1.7284 1.2589 0.5905 
/rm. Vo 

1.8255 1.5285 0.1951 

Figure F.2 Normalized Eight Pole Filter 

2.6624 1.442 0.6296 
mm rrrr 

1.8666 

Figure F.3 Normalized Six Pole Filter 
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Repeated division of this gives the element values and results in the 

normalized filter of Figure (F.3). This filter was also checked by 

solution for the initial transfer function. This network is then 

empedance scaled to IK and frequency scaled to 2 MHz in the standard 

way. 
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