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ABSTRACT

Size and velocity measurements of particles in a flow field are often
required in industrial applications. The signal produced by a nonimaging
laser optical measurement system contains the information to obtain particle
size and velocity. However, the signal contains noise generated primarily by
the photomultiplier tube in the measurement system.

A method for processing the digitized electrical signal to reduce the noise
in the signal and to extract particle size and velocity is developed. The effec-
tiveness of this processing algorithm is determined with simulated signals
with pulses of known width and height. The signals correspond to three
particle sizes ranging from the smallest to the largest size of interest. For each
size, 100 simulated waveforms are generated using a Monte Carlo simulation
of the photodetector.

With simple averaging, the processed waveform contains too much noise
to reliably yield pulse data without bias or errors. Therefore, a ninth-order
Finite Impulse Response filter with specified frequency characteristics is
implemented to smooth the raw data. This gives good pulse height measure-
ments and unbiased but imprecise pulse width measurements. Individual
baseline calculations and linear interpolation of the pulse endpoints are added
to the algorithm to improve the precision of the pulse width measurements. A
parabolic interpolation of the pulse minimum did not improve the pulse height

precision or accuracy appreciably.
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CHAPTERI
INTRODUCTION

The need for size and velocity measurements of small particles has
become very common. Previously important in primarily research-oriented
projects, such measurements are now needed in commercial industrial efforts
to obtain a higher quality product. Such commercial and industrial require-
ments include fuel spray combustion process optimization, agricultural spray
analysis, nuclear reactor safety, cloud simulation for aircraft icing studies, and
rocket plume analysis [1].! In response to this increasing need, the number of
methods proposed for measuring the particle size and velocity has grown
significantly. Most methods employ some type of optical technique to obtain
the desired data.

Of the optical techniques used in particle analysis, a choice of either
imaging or nonimaging methods is available [2]. Imaging methods use some
type of illumination device to radiate a test section containing the particles
under analysis, and some type of imaging sensor and data reduction system.
This imaging system could be as simple as a collimated strobe light and
synchronized Polaroid camera with the data reduction performed by a human,
or it could be a pulsed laser imaging the test section onto a video camera, from
which the video signal is analyzed by a digital image processor to yield size

information [3]. Velocity data can be obtained from an imaging system by

INumbers in brackets refer to similarly numbered references in the
Bibliography.



double-exposing the image receptor and measuring the distance between the
twin images. A distinct advantage of imaging versus nonimaging techniques
is the ability to detect nonspherical particles {2]: if the profile of the particle is
desired, it must be imaged onto some type of permanent medium. However, if
spherically-shaped particles are assumed, a less complicated non -imaging sys-
tem will suffice.

Nonimaging particle sizing instruments generally consist of an illumi-
nation source focused to a very small probe volume relative to the mean dis-
tance between particles. This small probe volume permits the analysis of a
single particle within the volume; at points along the beam other than the
focal point, particles have negligible effect on beam attenuation. Beyond the
focal point, the beam expands and falls onto some type of photodetector to yield
an electronic signal varying in amplitude as particles interrupt the beam. In
another approach, the receptor may be angularly removed from the beam’s line
of sight in order to get scatter signals from beam/particle interactions, as in
Laser-Doppler velocimetry. In either case, a statistically significant sample of
single particle measurements is obtained to estimate particle population
characteristics.

One particular type of nonimaging particle size and velocity measuring
instrument is the multiple laser beam (or simply multibeam) system which
has been developed and utilized to collect data [4]. In the multibeam system,
two parallel laser beams oriented in a direction perpendicular to a particle’s
travel are detected separately on two photomultiplier tubes as shown in Figure
I-1. The first beam encountered by the particle, hereafter called the cone

beam, acts as a triggering element to start a time-of-flight timer. The cone
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Figure I-1. Block Diagram of Multibeam System

beam is shaped like two concentric cones with points connected by a short right
cylinder and bases located at the transmission and detection optics. This
geometry allows triggering to occur only when a particle interrupts the probe
volume, which is the cylindrical volume connecting the cone points. The
second beam encountered by the particle, called the ribbon beam, acts as both a
triggering element to terminate the time-of-flight measurement and a size
measurement indicator. Size is determined from the reduction in intensity
caused by the particle’s blockage of a portion of the beam. The size so

determined is the one in a direction (z) orthogonal to both the ribbon beam and



“the particle’s direction of travel (x). The ribbon beam’s rectangular profile
allows this type of measurement to be performed since its major axis is longer
than any expected particle's diameter (see Figure [-2). In addition to velocity-
and the aforementioned particle dimension, the particle size dimension in the
direction of the particle’s travel (x) can be estimated by using the calculated
velocity information and the time required for the particle to traverse the
ribbon beam’s width [4].

Two laser pencil beams located just in front of and above and below the
cone beam are also present as shown in Figure 1.2. A signal is sent to the data
acquisition system to reject the data for a certain particle if the particle

interrupts either of these pencil beams. This process prevents data errors that
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would result from particles that are larger than the ribbon beam or particles
that only partially intercept the ribbon beam.

Figure I-3 illustrates resultant photomultiplier tube signals upon par-
ticle/beam interaction.  The calculations required to obtain size and velocity
data from these signals will now be examined. If the start and finish points of
the cone beam signal pulses are denoted by Sc and Fc, respectively, and the
start and finish points of the ribbon beam signal pulses are similarly denoted
by Sr and Fg, and the height of the ribbon beam pulse is designated by HR,

then the equations for the particle velocity and size dimensions are (4]

VP = R e (1)
SR - SC
H
HR(max) (2)
X,=~(F, =SV, =W, (3)
where
XR = Ribbon beam spatial coordinate
xc = Cone beam spatial coordinate
Zp = Ribbon beam height
Wr = Ribbon beam width

Hpr(max) = Photomultiplier signal with no particle present

Vp = Particle velocity
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Particle horizontal size

Xp
Zp

Particle vertical size

Clearly the parameters required to acquire the velocity and size
measurements are S¢, Sr, Fr, and Hr. Because noise is generated by various
sources in the multibeam system, the multibeam signal must be processed to
reliably give the parameter values. A method for extracting Sc, Sg, Fr, and
HR from noisy multibeam signals rapidly is the subject of this thesis.

The performance of the algorithm which extracts the pulse parameters
will be evaluated by processing 100 simulated waveforms containing a pulse
with known width and height and realistic levels of noise. These simulated
waveforms will be generated as described in Chapter III. Three such sets of
100 256-point waveforms resulting from each laser beam will be processed for
a total of 600 waveforms. The first set of waveforms will contain small pulses,
the second set will contain mid-sized pulses, and the third set will contain
large pulses. This will allow evaluation of the algorithm’s performance over
the entire range of particle sizes upon which the multibeam system is expected

to operate.




CHAPTERI
SIMULATION OF SIGNALS

In order to evaluate the effectiveness of the algorithm to be developed for
determining the pulse parameters (SR, Fr, Hr, and Sc), a standard waveform
with known parameters must be used. Previous methods of calibration have
included launching measured glass beads through the multibeam test section,
which gives a rough idea of the system’s performance. Unfortunately, this
method often gives poor results since the beads fragment and ablate pieces of
the propulsion nozzle giving particles of other sizes. Another method is to use
a calibration reticle with various sizes of opaque circular disks photoetched
onto a motor-driven glass plate [3]. Inserting this plate into the test section
would overcome the problem of particle size uncertainty. However, signal
durations would be much different than those encountered with actual
particles and errors originating from uncertainty in the optical parameters
(i.e., beam widths, etc.) would still exist. Differences in signal duration are
especially serious since this will alter the way in which noise effects the
measurements. What is needed is a test to evaluate the algorithm only,
exclusive of the associated hardware that produces the signal.

Algorithm evaluation will be done by accurately modeling the photo-
multiplier signals resulting from the interaction between a simulated calibra-
tion particle and simulated multibeam system. This chapter explains how
these simulation data are produced. The simulation data have known pulse
widths and heights and noise that simulates the noise produced within the

multibeam system. This simulation process will produce a realistic waveform



with known pulse parameters that can be analyzed by the processing
algorithm.

Finally, a statistical analysis of the extracted pulse parameters will be
performed using a large number of simulated waveforms, all with statistically
independent noise to simulate many particles of the same size and velocity
recorded at different times. This data will be compared to the known pulse
parameter data and the data from other algorithms to give a figure of accuracy

and precision of the processing algorithms.

Modeling of the Ribbon Beam Pulse

To numerically simulate a photomultiplier’s electronic output when the
intensity of the radiation on the photocathode is temporarily decreased due to
a particle’s transit through the beam, the actual cause of the signal must be
known. Before embarking on this effort, the following assumptions are made
to simplify ensuing calculations:

1) The intensity of the beam is constant in the three spatial directions

X, y, and z within the probe volume {4],

9) The intensity outside of the beams is zero,

3)  The particle is spherical.

The particle will go through the ribbon beam completely in the z-direction if
proper operation of the pencil beam rejection circuit is assumed.

Since the output from the photomultiplier is proportional to the intensity
of the incident radiation in units of power/area times the area illuminated, a
change in the output will occur if either the area illuminated or the power
changes. Since the power of the ribbon beam remains constant, the area

illuminated is decreased as shown in Figure II-1. Therefore, the signal output

9



is reduced by an amount proportional to the area shadowed by the particle.
Although the simple shadowing model is not exact, it Véorrectly predicts the
reduction in photodetector output due to the presence of a particle. Since the
particles to be measured are large relative to the light wavelength, a more
accurate analysis could be performed by using Fraunhofer diffraction [6], [7],
(8]. While this analysis would show a different distribution of intensity on the
photocathode (i.e., an Airy disk at the center of the shadow), the total beam

power blocked would still be the power absorbed by the particle.
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Only particles with diameters greater than the beam width will be con-
sidered below. Particles smaller than the beam width will not be considered
since their signal level is too low to overcome the noise levels in the
photomultiplier.

Figure II-2 illustrates the interaction of the particle and the ribbon beam.
The rectangular pulse represents the intensity distribution of the ribbon beam
in space; its height must be greater than the radius of the semi-circle, so the
particle goes completely through the ribbon beam in the z-direction. The semi-
circle represents one-half the cross-sectional ar.ea of the particle that blocks

the beam.

zf 2= 2 [ulx-a)-ulx-b)]
X=a X=b

/A(e,) r -(x -cP? ax

Figure II-2. Mathematical Representations of Particle and Ribbon Beam
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As the leading edge eo of the particle with radius r, trailing edge e1, and

center c travels along the x-axis into the beam, the area A(eg), common to both

shapes is given by

Ale) = J : \/rz—[x—-(erz—r)] d:cforaSeZSb. (4)
a

By substituting the dummy variable u for x - (e2 - r) and integrating (4), the

expression for A(eg) becomes

u=r

(5)

u=atr—e

- . u
A(e2)= 1/72 |u \/rz— u2 +rzsin—1(—>
”

9

By incrementally varying eg from a to b, one can calculate the area of the beam
that is blocked by the particle over the interval a Seg=bh.

When es reaches a value greater than b which is when the front of the
particle exits the beam, an adjustment in the evaluation limits is required.

The new expression is

u=b+r—e2

; u
Aley)) = 1/2 uVr?-u? +rzsin‘l(:)]u=a+r_e2 (6)

which is valid over the intervalb = eg = a + 2r.
The last case, when the particle’s trailing edge e1 (which is equal to eg - |

9r) enters the beam once again warrants a change in the limits to yield

Ale) = 1/2 uVrt—u? +rzsin_l(£)lu=_r . (7

12



This equation is used over the interval a + 2r = e9 = b + 2r, that s, until the
particle exits the beam.
Since the total area of the ribbon beam is Zg(b-a), the area. Q(es), left

after the particle blocks a portion of the beam is
Q(eg) = Zr(b-a) - 2A(eg).

The photodetector signal is proportional to Q(e2) where the constant of propor-
tionality depends on ribbon beam power and detector responsivity. The shape

of the signal is shown in Figure II-3.

= WZm-Z~ Kemw
—

TIME

Figure II-3. Intensity of Ribbon Beam as Particle Crossss
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Modeling of the Cone Beam Pulse

The shape of the cone beam pulse has a similar characteristic to the rib-
bon beam pulse. However at the minimum, a flattening occurs because the
beam is completely blocked during the time required for the particle to transit
the beam.

The derivation of the exact profile of the cone beam pulse could be
mathematically found as before with the ribbon beam pulse. However, the fall
and rise times of the cone beam pulse are much shorter than for the ribbon
beam pulse because of the rapid cutoff of the entire cone beam. Typical rise
and fall times are one to two samples long for particles of nominal size and
velocity analyzed by the multibeam system at typical sampling rates. There-
fore, with such a steep slope on the leading and trailing edges of the cone beam
pulse, the cone beam pulse can be modeled as a step function scaled to give
realistic signal levels. The duration of the step function will be calculated from

the time the cone beam is completely blocked.

Modeling of Noise

Now that the ideal signals from the particle’s interaction with the beams
have been developed, the non-ideal behavior of real-world electronics must be
modeled to produce realistic signal simulation. This is necessary to evaluate
the general application of the pulse-parameter location algorithms under
actual measurement conditions.

Figure II-4 shows a block diagram of the electronics required to obtain

intensity readings of a light source. It will be assumed that all wiring is
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properly grounded and shielded. This leaves the photomultiplier and the
amplifier as possible sources of noise.

A common method for obtaining voltage signals from a photomultiplier is
to drive a load resistor with the output current from the photomultiplier [9].
This gives a current-to-voltage transformation from the current signal of the
photomultiplier, thus allowing a voltage measurement corresponding to light
intensity to be made at the load resistor. The resistor value may be selected to
be arbitrarily large to produce a high-level output voltage. However, high ter-
mination resistance causes the photomultiplier’s frequency response to suffer
due to the stray capacitance on the output circuit. But even for smaller load
resistors, which do not affect the bandwidth appreciably, the output voltage
can be made large enough to overcome the noise generated by a good-quality
instrumentation amplifier, such as the Analog Devices Model AD524 which
has peak-to-peak noise voltage in the microvolt range [10]. Amplifying the
photomultiplier signal with a device which produces noise that is orders of
magnitude less than the noise in the signal makes the amplifier noise virtually
unnoticeable in the amplified signal. Therefore, amplifier noise will not be
considered here. Also, lower values of the load resistor give very low resistor
thermal noise so this noise.

The dominant noise generated in the circuit, then, is the noise from the
photomultiplier tube itself. It has been demonstrated [5], {11] that the shot
noise generated within a photomultiplier is a Poisson random process. This
process can be simulated by loading a number representing the power of the
light falling onto the photocathode of the photomultiplier tube into a random

number generator that has a Poisson distribution. This simulates the number

16



of photoelectrons emitted from the photocathode during any time interval. For
testing the algorithm, a typical value of béam power entering the photo-
multiplier and a typical digitizer sampling rate were used in a photomultiplier
simulation computer program. This program performs a Monte Carlo simu-
lation of a photomultiplier tube using Poisson statistics and random number
generators. Simulated ideal signals resulting from three different sized
particles spanning the range of sizes the multibeam system is expected to
handle were provided as inputs to the program. The pulse widths and heights
were scaled to yield a correct number of samples based on the programmed
sampling rate and the amount of the beam’s cross-section each sized particle
would block. The three sizes were calculated to block a maximum of 88.7%,
44.1%, and 21.0% of the ribbon beam. Cone beam blockage was assumed to be
100% since all particles have greater diameters than the cone beam’s, and
therefore only pulse widths were changed for the different particles. The
background radiation for both the ribbon beam and the cone beam signals was
pfogrammed as 15% of the unblocked beam intensity. This number was
determined empirically from actual multibeam data. The ribbon beam pulse
widths were normalized to 2 maximum width of 50.000 samples for the largest
particle size based on a typical velocity and sample rate. This value of the
pulse width for the largest particle yielded pulse widths of 27.437 and 16.155
samples for the other two particle sizes. Since the digital sampling algorithm
can only yield an integral number of samples for the pulse length, the ends of
the simulated pulses fall between samples.

With these guidelines for the production of simulated pulses, 100 pairs of

waveforms for each of the three particle sizes were generated. Each of the 600,

17



256-sample waveforms was statistically independent of the others in order to
maintain the validity of the simulation. Figures II-5 through II-10 show plots
of one waveform of each beam signal. Figures II-11 and II-12 show actual
multibeam waveforms of glass calibration beads for comparison. These actual
waveforms contain a lower level of noise than the simulated waveforms which
suggests that the noise level loaded into the simulation program was too
pessimistic. However, this also suggests that the digital signal processing
algorithm to be developed in Chapter I will produce measurements on actual

data at least as good as the measurements obtained from the simulation data.

18
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CHAPTERIII
ALGORITHM DEVELOPMENT

An algorithm for determining the pulse parameters Sc, SR, Fr, and Hr
will now be developed. To evaluate the accuracy of the algorithm, the data
from a source of known parameters must be available. To achieve this, pulse
width values are loaded into a pulse-generation computer program. The
ribbon beam pulse heights, however, are determined indirectly because a
definite value of this quantity doesn’t appear in the pulse-generation program.
The baseline values (waveform points exclusive of those contained in the
pulses) of the 600 waveforms are averaged to obtain a mean baseline value.
Then the percentage of beam blockage for the three different ribbon beam
pulses is taken to yield the expected minimum value of each pulse. This
method works well since the mean baseline value for any given sized pulse
exhibits a high amount of agreement with the other five mean baseline values
(99.93% agreement).

The true values of the important pulse parameters used by the computer
simulation are shown in Table ITI-1. The pulse heights of the cone beam data
are not shown since they are not required for particle size or velocity
calculations.

The time-of-flight measurement, which yields the velocity of a particle, is
obtained from the ribbon beam pulse and cone beam pulse starting points, Sr
and Sc, respectively. This velocity data shall be assumed to have the same
accuracy as the pulse width data since both the pulse width and the pulse

velocity measurements rely on accurately determining these values.
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Table I1I-1. True Values of Pulse Parameters

R1
R2
R3
C1
C2
C3

True Value
Parameter (samples)

R1 16.1553
Width

R1 0.30531
Height

R2 27.4368
Width

R2 0.21642
Height

R3 50.000
Width

R3 0.0437
Height

C1 12
Width
Width

C3 46
Width

smallest particle ribbon beam pulse
mid-sized particle ribbon beam pulse
largest particle ribbon beam pulse
smallest particle cone beam pulse
mid-sized particle core beam pulse

largest particle cone beam pulse
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Therefore, statistical analysis shall be restricted to the measurements of the

ribbon beam pulse width, the cone beam pulse width, and the ribbon beam
pulse height.

Before determining the parameters Sc, Sr, FRr, and HR, it Is necessary to
obtain a value of the photomultiplier tube output when no particle interrupts
the beam. This value, called the baseline value, is the reference point from
which all other levels are defined. The baseline value used is the mean value
calculated for the pulse height determination. This was done by averaging the
values of the samples in all 600 waveforms exclusive of the samples in the
pulses. In an actual working system, such a baseline estimate would be
obtained by acquiring data in the absence of particles before initiating any
particle measurements.

A second level called the trigger level is used to verify the presence of a
pulse in a waveform and is determined as a percentage of the baseline value.
All points in a waveform are compared to the trigger level to determine if a
pulse is present in the waveform. If a number n of consecutive points in the
waveform are found to be less than the trigger level, a pulse is declared to be
present. The number n depends on the shortest expected pulse in the signal,
which will be produced by the smallest and/or fastest particles analyzed.

Once a pulse has been determined to be present in the waveform,
comparison of the remainder of the points in the waveform with the trigger
level continues as a check for multiple pulses in a single waveform. If a second
pulse is located ih the waveform, an error is declared and the waveform is
discarded. This is done to prevent the algorithm from having to match a

certain cone beam pulse to a certain ribbon beam pulse in waveforms
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containing multiple pulses. The large number of particles not entering the
probe volume and the large number of waveforms available for analysis
justifies this removal of waveforms containing multiple pulses. However, if
only one group of at least n consecutive points is found to be less than the
trigger level, the endpoints and minimum point of the pulse can be deter-
mined.

The endpoints of the pulse are found by comparing points in the
waveform to a third level called the threshold level. The threshold level is set
as a percentage of the baseline value. The start point of the pulse is the first
point in the waveform with a value less than the threshold level. The finish
pointis the last point in the pulse with a value less than the threshold level.

Instead of comparing every sample in the waveform to the threshold
level, the algorithm makes use of the pulse-determination information that
was gathered earlier with the trigger level comparison. The first sample of the
group containing n consecutive samples with values less than the trigger level
is used as an approximate start point of the pulse. This way, only samples
preceding this approximate start point need be compared to the threshold
level.

Following the location of the start point, the algorithm locates the finish
point of the pulse by comparing values of samples following the start point to
the threshold level. The minimum point of the pulse is then determined by
comparing each point between the endpoints to all others to obtain the one
point with least value. A baseline value of a waveform is illustrated in Figure

II-1. Also illustrated in Figure III-1 are a possible trigger level, used to
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Figure ITI-1. Baseline Value, Trigger Level, and Threshold Level

determine if a pulse exists, and a possible threshold level, which is used to
locate the endpoints of the pulse.

In the first processing algorithm attempted, it was decided for simplicity
and efficiency to use equal trigger and threshold levels. In this algorithm, the
first point in the waveform with a value less than the trigger/threshold level is
assigned to be the start point of the pulse. Similarly, the finish point of the
pulse is the last point (following a start point) of a pulse with a value less than
the trigger/threshold level. With this approach it is important to set the
trigger/threshold level far enough below the baseline to prevent noise from
giving multiple pulse readings while at the same time maintaining a
trigger/threshold level that is high enough to locate small pulses. Another

reason not to set the trigger/threshold level too far below the baseline is to
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avoid a negative bias in the pulse width measurement. This bias is manifest as

the x-dimension particle size being less than its true value.

Algorithm with Neighborhood Average

Because of the measurement complications introduced by noise, a method
for reducing such effects was next included in the algorithm. The first method
considered was neighborhood averaging in which each pointin the waveform is
replaced by the arithmetic mean of the points in some specified neighborhood
of the point [12], [13]. With neighborhood averaging, it is important to include
the correct number of data points in the neighborhood. The greater the
number of points included, the more significant is the smoothing that occurs.

Since it was desired to have the value of the sample being replaced
included in the average, only an odd number of neighborhood points were
considered. Therefore, the smallest number of points available to constitute an
average is three. The greatest number of points available for averaging is
dependent upon the position of the pulse and the number of samples in the
waveform. For example, if the leading edge of a 25-sample pulse is located at
the 75th sample of a 200-sample waveform, the longest neighborhood available
is 75. However, a 75-point neighborhood average will hardly be desirable for
pulses that are no longer than 50 samples long.

As Figures III-2 through III-4 illustrate, longer neighborhoods have a
greater smoothing effect than neighborhoods of only a few samples. Figures
HI-5 through III-7 show the frequency response of neighborhood averaging
with 5, 9, and 21 samples. While greater attenuation of the high-frequency
components is achieved with longer neighborhoods, lower information-carry-

ing frequency components are also attenuated, although to a lesser degree.
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Figure III-8 shows the frequency spectrum of a typical pulse. As this

figure shows, significant frequency components exist in the range being atten-
uated by the neighborhood average. Figure III-9 shows the frequency content
of a simulated pulse with noise. The noise cannot be decreased sufficiently
without reducing the signal spectrum by the filtering process. Figure III-10
shows the effects of a neighborhood average filter on a signal resulting from a
small particle.

Three different attempts at reducing noise with a neighborhood average
were made. The first was a 5-point neighborhood average with the common
trigger/threshold level set at 97.00% of the baseline. The number n of

consecutive points below the trigger level required to verify the presence ofa
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Figure III-8. Frequency Content of Narrowest Ideal Pulse
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pulse was set to 13 since the true value of the shortest pulse width is 16.16
points. In an actual data processing application, n would be set to two or three
samples less than the shortest expected pulse as determined by the sample
rate, particle size and velocity estimates, and multibeam limitations. The 5-
point neighborhood was used as a “first cut” and did indeed reduce the noise in
the waveform substantially, as Figure III-2, page 29, shows. The mean pulse
height measurements were very close to the true values. However, the mean
pulse width measurements for the smaller two simulated pulses were found to
be significantly shorter than the true values and raising the trigger/threshold
level to correct this measurement error produced multiple-pulse errors.
Greater reduction of the noise was needed to allow an increase in the
threshold/trigger level without inducing more multiple-pulse errors. There-
fore, the neighborhood was increased to 9 points.

The 9-point neighborhood average, a value of 13 for n, and a value of
97.08% of the baseline for the trigger/threshold level increased the mean pulse
width measurements too much and also increased the mean pulse height
measurements. The trigger/threshold level was subsequently decreased to
95.79% of the baseline, which did not change the mean pulse height
measurements but decreased the mean pulse width measurement. However,
the mean width measurement of the smallest pulse was decreased too much, as
Table III-2 shows. It was therefore decided to try a better filter; one that has
noise rejection comparable to a 9-point average while attenuating significant

pulse frequency components like a 5- or smaller point average.
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Table I0I-2. Results of Montel Carlo Simulation Using Neighborhood
Average in Algorithm
Condition
® 5-point ® 9-point ® 9-point
neighborhood |neighborhood |neighborhood
average average average
Parameter en =13 en =13 en =12
Measured Result ® Threshold= |® Threshold= |® Threshold=
ESUiLs 97% 97.08% 95.79%
True Value ® Trigger = ® Trigger = o Trigger =
97% 97.08% 95.79%
R1 Mean 14.37 16.36 14.505
Width Std Dev 2.42 1.79 1.472
No. of 6 2 None
16.1553 Errors
R1 Mean 0.3048 0.31673 0.31636
Height Std Dev 0.01371 0.00674 0.00487
0.30531
R2 Mean 26.4300 30.12 27.25253
Width Std Dev 2.03 2.20 1.076
No. of 1 2 None
27.4368 Errors
R2 Mean 0.21449 0.22304 0.22005
Height Std Dev 0.00637 0.0044 0.00490
0.21642
R3 Mean 50.34 52.527 50.9798
Width Std Dev 3.14 4.0694 0.90987
No. of 1 4 None
50 Errors
R3 Mean 0.04547 0.04851 0.04845
Height Std Dev 0.00069 0.00231 0.00200
0.0437
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Algorithm with FIR Filter

A weighted filter, often referred to as a finite impulse response (FIR)
filter, can perform better than a neighborhood average which equally weights
all the points in the neighborhood. The frequency response of a noiseless ideal
pulse, shown in Figure III-8, page 32, was used to design the weighted filter. It
was decided that a ninth-order FIR filter would be used to avoid lengthy
processing times that a higher-order filter would require. This filter was
designed to have a cutoff frequency at approximately 0.2 times the sampling
frequency since very little information in the ideal pulses is carried by
frequencies higher than this as Figure III-8 illustrates. Minimum ripple was
to be present in the passband, with a zero db attenuation at zero frequency.
The filter was designed using the standard Parks-McClellan design program
for FIR filters [14]. The response of the resultant filter is plotted in Figure III-
11 and the coefficients of the filter are listed in Table III-3. The filter
attenuates the frequencies not contained in the actual signal without
significantly altering the pulse parameters themselves; see a plot of a filtered
waveform shown in Figure III-12. A comparison of the frequency content of
this waveform, shown in Figure III-13, with the frequency content of a non-
filtered waveform, shown in Figure III-9, page 33, further illustrates the
effectiveness of the FIR filter. This filter does not have the processing
efficiency of the equal-weight neighborhood average, but as shall be shown,

the results are far superior to those obtained with the simpler filter.
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Figure ITI-11. Frequency Response of 9th-Order FIR Filter

Table III-3. Coefficients of FIR Filter

Tap Number Value
H(1) -0.0116848
H(2) 0.0575219
H(3) 0.130963
H(4) 0.205149
H(5) 0.236097
H(6) 0.205149
H(7) 0.130963
H(8) 0.0575219
H(9) -0.0116848
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The improvement in the pulse height measurements, as shown in Table
I11-4, justifies the use of the FIR filter over the neighborhood average. How-
ever, little improvement in pulse-width measurement was realized. In fact,
the trigger/threshold level of 97.86% of the baseline, which was required for
the best pulse width measurements, produced an intolerable amount of
multiple-pulse errors. From this evidence that multiple pulses are detected
when the trigger/threshold level is set at a value yielding fairly accurate pulse-
width measurements, it was decided that the trigger and threshold levels
should be set separately with the trigger level set at a lower level than the
threshold level. This would allow the algorithm to detect the existence of
pulses with a trigger level set below the noisy baseline in order to avoid
multiple pulse errors. At the same time, the threshold level could remain close
enough to the baseline to allow the algorithm to yield accurate pulse width
measurements.

The trigger level was lowered to 90.6% of the baseline value. Recall that
the trigger level is used for comparison with waveform points to verify a pulse
is present in the waveform. This was found to be small enough to prevent
multiple pulse errors, as shown in Table III-4, but great enough to detect the
smallest pulses. If the trigger level were decreased further, it would detect
neither noise spikes nor pulses caused by small particles. The number n of
consecutive samples required to determine the presence of a pulse was
decreased to a value of three since the pulse width is somewhat shorter at
90.6% of the baseline than at, say, 97.86% of the baseline. Also, sporadic noise
pulses that are three or more samples wide, which are fairly common at

97.86% of the baseline, are non-existent at the 90.6% level.
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Table III-4. Results of Monte Carlo Simulation Using FIR Filter in
Algorithm
Conditions
e 9-pointFIR |® 9-pointFIR |e® 9-point FIR
e n=11 e n=12 ® n=3
e Threshold=|® Threshold=|e® Threshold=
Parameter | pocjts 97.08% 97.86% 96.8%
Measured S e Trigger = |® Trigger = |® Trigger =
97.08% 97.86% 90.6%
R1 Mean 14.6566 16.1515 16.3030
Width Std Dev 2.2659 3.02636 2.0766
No. of 4 12 None
16.1553 Errors
R1 Mean 0.306775 0.307272 0.306775
Height Std Dev 0.00670 0.00869 0.00670
0.30531
R2 Mean 26.54546 27.8384 28.36364
Width Std Dev 2.9517 4.09 2.3675
No. of 4 10 None
27.4368 Errors
R2 Mean 0.21736 0.21885 0.21582
Height Std Dev 0.01542 0.02119 0.00616
0.21642
R3 Mean 50.03 49.2828 51.7778
Width Std Dev 5.7081 7.845 1.88319
No. of 3 13 None
50.0000 Errors
R3 Mean 0.04692 0.062977 0.046829
Height Std Dev 0.0699 0.00227
0.4370
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Table ITI-4. Concluded

Conditions
® 9-point FIR
® n=3

Pa t ® Threshold =
Mg:;lg ee(;‘ Results 97.86%
® Trigger = 90.6%
R1 Mean 16.14142
Width Std Dev 3.0252
No. of None
16.1553 Errors
R1 Mean 0.30677
Height Std Dev 0.00670
0.30531
R2 Mean 28.1111
Width Std Dev 3.5954
No. of None
27.4368 Errors
R2 Mean 0.21581
Height Std Dev 0.00489
0.21642
R3 Mean 51.09091
Width Std Dev 2.55883
No. of None
50.0000 Errors
R3 Mean 0.046829
Height Std Dev 0.00227
0.04370
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Table ITI-4 shows that the best results of the algorithm are obtained by
the use of the FIR filter, the trigger level set at 90.6% of the baseline, and the
threshold level set at 97.86% of the baseline. The threshold level is used for
comparison with waveform points to determine pulse endpoints. This selection
of algorithm parameters yields acceptable pulse height measurements, but
maintains the skewed width measurements from one size of particle to the
next. For example, if a certain threshold level was found to produce a mean
pulse width measurement of the smallest particle exactly equal to the true
value of that particle, the other two mean pulse width measurements would be
somewhat greater than their true values. A solution to this problem was

required.

Algorithm with FIR Filter and Individual Baseline Calculation

Since a change of the threshold level percentage will not produce an
equal pulse-width measurement change for each size of particle, the quantity
that must be adjusted is the baseline level from which the threshold level is
determined. Instead of using a fixed baseline value obtained from the mean
baseline values of all waveforms under analysis, it was decided to calculate the
baseline value on a waveform-by-waveform basis. This is done by locating the
approximate endpoints of the pulse in the waveform and calculating the
baseline value of that waveform with the points exclusive of those of the pulse.
This type of calculation is actually more suitable in practice than a single
baseline measurement made prior to data acquisition because it accommodates
slowly changing baseline values caused by contamination of optics. variations

in laser power, and changing background light levels. Thus, the single
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waveform being processed can produce the desired parameters without the
need for any prior information.

The results in Table III-5 show that indeed the spread of the mean width
measurements about the true values is less with the individual waveform
baseline calculations than with the single mean baseline value. The threshold
level had to be increased from 97.86% to 98.2% of the baseline to achieve close
to the same mean width measurement as that obtained with the mean baseline
value.

Further efforts to decrease the error of the mean pulse width measure-
ments would not decrease the total error of the measurement appreciably as
long as the precision error (the standard deviation of the measurement)
remains high. Therefore, further efforts at improving the algorithm were

directed at reducing the precision error of the measurements.

Algorithm with FIR Filter, Individual Baseline Calculations, and Endpoint

Interpolations

Recall that the pulse width measurements are made from the number of
points between the two endpoints of the pulse, which are the points with values
just less than the threshold level. Since the true endpoints will not occur
exactly at the instant when a sample is taken by the data acquisition system, it
is possible that a pulse width measurement will be in error by nearly two
samples, or about 12.5% of the smallest particle’s pulse width, due solely to the
location of the endpoints at discrete sample instants. In a similar manner, the
point used to yield the minimum value of the pulse could conceivably be in

error by up to one-half sample. Therefore, more exact methods of endpoint and
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Table ITI-5. Results of Monte Carlo Simulation Using FIR Filter and
Individually Computed Baselines in Algorithm

Conditions
Final Version
& 9-point FIR
. e n=23
?l-P_Olélt FIR  |¢ Threshold=
Th— _ 97.63%
reshold= o Trigser =
98.2% 30 6%% =
gg 16g§er = ® Baseline values
Bas e(17i ne computed with
values individual
. waveforms
lglallrameter Results computed with | 4 Linear interpolation
easured individual of pulse endpoints
waveforms e Parabolic
interpolation of pulse
minimum
R1 Mean 16.2222 16.1446
Width Std Dev 3.1158 2.63142
16.1553 |No. of Errors None None
R1 Mean 0.30677 0.30655
Height Std Dev 0.00670 0.00673
0.30531
R2 Mean 27.69697 27.7489
Width Std Dev 2.7134 2.08485
27.43687 |No.of Errors None None
R2 Mean 0.21582 0.21568
Height Std Dev 0.00616 0.00617
0.21642
R3 Mean 50.74748 50.88741
Width Std Dev 3.30394 2.4896
0.21642 |No.of Errors None None
R3 Mean 0.046829 0.04676
Height Std Dev 0.00227 0.00228
0.04370
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minimum point location were tried in an attempt to increase the precision of
the measurements.

To improve the pulse width measurements, linear interpolation was used
to estimate the actual points at which the waveform crosses the threshold

level. This was implemented according to the equations

S =51+ :S+_:T (8)
S+ T Vs-
and
V., -V
Fine =10 ﬁ (9)
where
Sint = Theinterpolated start point of the pulse
Fint = Theinterpolated finish point of the pulse
S1 = The first sample preceding the pulse
F; = The first sample following the pulse
Vs+ = Thevalue of sample Sy
Vr+ = Thevalue of sample Fq
Vs. = The value of the first sample of the pulse
Vg. =  The value of the last sample of the pulse
Vr = The threshold level.

Figure III-14 illustrates these parameters.
A similar approach was applied to estimate the pulse minimum. In this

case, a parabolic interpolation was implemented according to the equation
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(H —-H
p+ p=
H =H +
int p 8@2H -H -H )
p p+

where

Hint = Theinterpolated minimum value of the pulse

H, = The minimum value of the sampled waveform as determined
by the point-to-point comparison

Hp+ =  The value of the sample immediately preceding the sample of
value Hp

H,. = The value of the sample immediately following the sample of
value Hp.

Figure III-15 illustrates these parameters.

The results of the interpolation, though not as dramatic as expected, did
improve the precision of the pulse width measurements, as shown in Table III-
5, page 44. The threshold level had to be changed once again to optimize the
accuracy of the pulse width measurements. The improvements in the precision
of the pulse height measurements due to the parabolic interpolation proved to
be too slight to warrant the additional computation and processing time it

requires, so it was deleted from the algorithm.

Algorithm - Final Version

Figure I1I-16 illustrates the final algorithm for locating the parameters
in the ribbon beam pulses. The first eight blocks of the flowchart basically

account for filtering the raw data and computing the baseline, threshold, and
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trigger levels. This is done by loading the desired threshold and trigger levels
as a percentage of the baseline. Also, the values of the FIR filter coefficients
are loaded in this part of the algorithm. The raw data from one waveform is
then loaded into memory and is digitally filtered using the FIR filter.
Following this, the minimum point of the waveform is found and the baseline
of the waveform is calculated by averaging the points in the waveform
exclusive of the points between the first maxima on either side of the minimum
point. Then, the threshold level and trigger level are determined.

The next twelve blocks locate the pulse, interpolate the required
parameters, and check for errors in the waveform. This is performed by
resetting the sample counter to the first sample in the waveform and
sequentially comparing each sample in the waveform to the trigger level to
determine if there is a pulse in the waveform. If a pulse is not found, an error
message is issued and the next waveform is loaded for analysis. If a pulse is
located, the start point of the pulse is determined by comparison of the sample
values with the threshold level and interpolation according to Equation (8).
The minimum point of the pulse is next located by finding the one sample of
least value between the start point and the maxima to the right of the start
point. The end point is then located by comparison of the sample values with
the threshold level and interpolation according to Equation (9).

The final blocks of the flowchart check for errors and store the pulse
parameters in computer memory for future retrieval. This is done by
comparing the sample values following the pulse to the trigger level to make
sure that a group of n consecutive samples with values less than the trigger

level does not exist. If another pulse is found, an error message is issued, the



pulse data are discarded, and the data from the next waveform are loaded for

analysis. However, if no more pulses are located, the pulse start point, end
point, and minimum are loaded into memory with a waveform index number
for future retrieval.

Because of their pulses’ large height and rapid transition characteristics,
the cone beam data required no processing such as filtering or interpolation.
Therefore, for these pulses the simplified processing algorithm shown in
Figure ITI-17 was used. The results of this algorithm are tabulated in Table
[I-6. Comparison of Table ITI-6 with the bottom three rows of Table III-1, page
24, which contains the true values of the cone beam pulse widths, exhibits
excellent agreement between the true values of the pulse widths and the
values of the pulse widths as calculated by the algorithm illustrated in Figure
oI-17.
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Figure ITI-17. Flowchart of Processing Algorithm for Cone Beam Waveforms
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Table III-6. Results of Monte Carlo Simulation for Cone Beam

Conditions
® No Processing
Parameter e n=28
Measured Results |e Threshold= 97.08%
True Value ® Trigger = 97.08%
C1 Mean 12.000
Width Std Dev 1.27921
No. of None
12 Errors
C2 Mean 24.040
Width Std Dev 0.95265
No. of None
24 Errors
C3 Mean 45.9899
Width Std Dev 1.07779
No. of None
46 Errors




CHAPTERIV
PROPOSED HARDWARE IMPLEMENTATION

The algorithm developed in Chapter III could be implemented by a
commercial signal processing board to be used with a personal computer.
Many companies now produce advanced processing systems designed for
installation in PC/AT compatible personal computers. The Signatec DASP100
Data Acquisition and Signal Processing board, manufactured by Signatec,
Inc., combines all of the features required to perform data acquisition,
processing, and storage in P.C. memory [15].

The DASP100 board utilizes an 8-bit digitizer capable of sampling rates
from 781 KHz to 100 MHz. One of the three available data acquisition modes
activates data-taking when a triggering event is detected. Data-taking is
suspended after a specified amount of time following the disappearance of the
triggering event. This mode would be especially useful with the multi-beam
system because the system would take data only upon the detection of a
particle, thus saving memory during periods when no particles cross the cone
and ribbon beams. Also pre-triggering, which allows the data existing prior to
a triggering event to be recorded, is especially useful in recording transients
such as multibeam pulses. Pre-triggering is performed by storing all data
temporarily in a first-in, first-out memory to maintain a buffer of data that
occurs before the triggering event. Additionally, the markers automatically
inserted into the data by use of this mode would distinguish the data of each

waveform from the others.
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The TMS320C25 digital signal processor, manufactured by Texas

Instruments, is the 16-bit processor that is used on the Signatec board. One
feature of the TMS320C25 that is highly advantageous to the pulse processing
algorithm is the single-cycle multiply/add instruction. This feature is very
beneficial to any algorithm utilizing a digital filter, which by nature requires
multiplications and additions for every point in the waveform times the
number of taps in the digital filter.

In order fér rapid processing to be realizable, the speed at which a
waveform is processed must be great enough to prevent bottlenecks in this part
of the system. Table IV-1 shows the major time-consuming functions in the
final pulse parameter location algorithm with the approximate number of
clock cycles required to execute each function [16]. Multiplication of the
function execution cycles with the number of times each function is required
for processing a 256-sample waveform yields the total estimated number of
clock cycles required to extract the pulse width and height from a waveform.
For the total estimated number of clock cycles of 5898 and a 100-ns cycle
execution time [16], one waveform is estimated to require 590 p-sec for
processing, yielding a processing rate of approximately 1695 waveforms per

second for a 256-sample waveform.
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Table IV-1. Various Functions of Algorithm
and Their Required Executive Cycles

Clock Cycles Repetitions
Function Required Required per ToEal ?IOCk
per Function Waveform yeles

Loading of Raw Sample 2 256 512
into Processor
Digital Filtering 10 247 2470
Location of Approximate 3 256 768
Endpoints of Pulse
Calculation of the Mean 1 256 256
of the Waveform
Comparison of Processed 6 256 1536
Sample to Trigger Level
for Endpoint Location
Comparison of Processed 4 20 80
Samples within Pulse
Endpoints to Locate
Peak
Interpolation of End- 18 2 36
points
Overhead 240 1 240

Total 5898
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CHAPTERV

SUMMARY

A digital signal processing algorithm was developed to process the noisy
signals of a nonintrustive laser multibeam particle sizing and velocimetry
instrument. The algorithm extracted the parameters required for determining
two particle size dimensions and particle velocity.

The algorithm’s accuracy was evaluated using simulated multibeam sig-
nals. The simulated signals were generated by finding the area blocked by a
particle as it crosses the ribbon and cone beams. The beam areas blocked
permitted the optical intensity at the photodetector to be determined. A
simulation of the photodetector noise then was added to yield the simulated
test signals producing waveforms corresponding to pulses of known widths and -
heights. One hundred such waveforms of three different particle sizes were
generated for both the ribbon beam signal simulation and the cone beam
signal simulation. These waveforms were then processed by the algorithm.
The pulse widths and heights extracted by the algorithm were then compared
with the known values to evaluate its performance.

Several versions of the algorithm were proposed, evaluated, and
improved. The first algorithm included neighborhood averaging of the data
and a pulse detection routine. This version gave pulse width measurements
with unsatisfactory bias error and pulse height measurements that were
adversely affected by the frequency response of the neighborhood average. In

the next version, a nine-point FIR filter with a specified frequency response
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was included to improve the pulse height measurement. The final version of

the algorithm included the nine-point FIR filter, pulse confirmation and
multiple-pulse error detection routines, and linear interpolation of the pulse
endpoints to improve resolution.

A hardware system for executing the algorithm was also proposed. The
system consists of a Signatec DASP-100 signal processing board installed in a
PC/AT personal computer. The board has many features that can be taken
advantage of when processing multibeam signals. These include pre-
triggering and single-cycle multiply/add instructions, which are useful in
implementing the digital filter.

The performance of the algorithm developed is felt to be satisfactory since
it offers improved accuracy over previous methods and it provides a systematic
and efficient method of obtaining desired particle information from noisy data.
The algorithm could process approximately 1695 256-point waveforms per
second using the Signatec signal processing board and an AT personal com-

puter.
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