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by 

Thomas L. Teer 

ABSTRACT 

By measuring the acoustic profile of lightning¬ 

generated thunder at several locations simultaneously, it 

is possible to reconstruct the lightning channel geometry. 

The technique allows a ground-based study of the lightning 

channel structure inside thunderstorm clouds. The maximum 

spatial resolution at a range of 5 km is + 50 meters, except 

for the vertical direction where the error is + 200 meters. 

The maximum range is 5 - 25 km, determined by atmospheric 

attenuation losses and the degree to which refraction of 

sound away from the array is observed. These limits apply 

only to a single station deployment of microphones - multi¬ 

station arrays greatly increase effective range and data 

statistics. 

At least three microphones are deployed in an equi¬ 

lateral triangular shaped array 100 meters on a side. The 

acoustic pressure profile of thunder events is recorded on 



magnetic tape and the time lags between similar events are 

calculated through a cross-correlation analysis. These time 

lags, taken from the microphone data, are then used to calcu¬ 

late the incident wave vector of the plane wave at the micro¬ 

phone array. A model atmosphere is chosen and the incident 

wave vector is tracked back in time through the atmosphere 

to its source location. 

However, interference phenomena due to sources extended 

in both space and time introduce random, non-stationary effects 

into the thunder data, we show how to identify these sources 

of variability in the data. in many cases, we show how to 

extract this variability from the data to produce more mean¬ 

ingful results, although approximately 60% of the cross¬ 

correlations must be disregarded because of the absence of 

well-defined peaks in the correlograms. 

By effectively digitizing the lightning source into a 

"point” source 50 meters in extent, we are usually able to 

generate 20 to 40 sets of space coordinates that we use to 

map the lightning channels. Data taken near Tucson, Arizona 

in August 1970, with photographic support provided by the 

University of Arizona, is presented in which we match 

acoustic reconstructions to photographs of the source light¬ 

ning events. 
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CHAPTER 1 

INTRODUCTION 

1.1 Background 

The lightning channel geometries of lightning events 

have been reconstructed and mapped both inside and outside 

thunderstorm cells by using an acoustic profiling technique 

in which the thunder signal produced by a lightning event is 

analyzed as it sweeps across a ground-based array of micro¬ 

phones. The technique is not new. Sound ranging was used 

extensively during World War II in aircraft detection for 

automatic aiming of searchlights and anti-aircraft guns. 

Large arrays of microphones were deployed near enemy lines 

for the location of enemy gun emplacements. An examination 

of the character of the received acoustic signals enabled 

experienced operators to determine the type of aircraft and 

the caliber of guns responsible for the signals (Heiland, 

1940). 

Recently sound ranging has been used primarily in con¬ 

junction with known acoustic sources to map the atmospheric 

wind, temperature and pressure' fields. Bushmann _et aJL. (1970) 

use this technique in analyzing the exhaust noise of large 

rockets to determine high altitude wind profiles accurate 

-1- 
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enough to be meteorologically significant,and grenade exper¬ 

iments conducted by the British Upper Atmosphere Rocket 

Program have been done since the 1950's to map the wind, 

temperature and pressure fields up to 110 km (Groves est al. 

1966)• Grenade experiments conducted at Goddard Space 

Plight Center by Nordberg (1962) yielded upper atmospheric 

meteorological observations. Nordberg also noticed un¬ 

usual variations in the amplitude of sounds received at 

the surface from the high altitude grenade explosions. 

Phillips and Wu (1966) studied low frequency (0.1 hz - 5 hz) 

Rayleigh waves propogating past buried seismometer arrays, 

and this sound ranging technique has formed the basis of 

modern exploration seismology (Grant and West, 1965). 

Brook et al. (1962) and Williams and Brook (1963) 

recorded thunder with an array of microphones to determine 

the distance to observed lightning flashes, and Bhartendu 

(1969) first used this method in an attempt to map lightning 

channels. Few (1970) performed a rather detailed analysis 

of one lightning event and presented a reconstruction of 

the event. However, with no atmospheric information avail¬ 

able and no photographic evidence of the channel, an absolute 

measurement of the accuracy and usefulness of the technique 

could not be made. 
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1.2  Intent of This Paper 

The purpose of this paper is three-fold. We will 

present a detailed explanation of the acoustic sound ranging 

technique as it applies to lightning channel reconstruction. 

We will explain the lightning channel reconstruction program 

currently under way at the Space Science Department, Rice 

University, and we will examine the accuracy of the technique 

by matching acoustic reconstructions to actual photographs 

of the lightning events. A detailed description of the 

equipment will be omitted except where necessary to aid 

understanding of a particular bit of data analysis. Partic¬ 

ular emphasis is placed on the understanding and inter¬ 

pretation of the cross-correlation functions calculated 

from the several microphone data channels. 

1.3  Introduction to Acoustic Profiling 

Acoustic profiling is simple in principle. At least 

three microphones are deployed in a non-linear arrangement. 

We have chosen an equilateral triangular array of 100 meters 

on a side for geometric simplicity. The acoustic pressure 

profile of a thunder event from these microphones is recorded 

on magnetic tape and the time lags between similar acoustic 
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events with respect to one of the microphones are calculated 

through a detailed cross-correlation analysis. These time 

lags are then used to calculate the incident wave vector k 

of the plane wave at the microphone array. A model atmos¬ 

phere is chosen either by direct measurement or as a 

"gedanken"? the sense of the wave vector is reversed and 

the resultant wave vector is propagated back in time through 

the chosen atmosphere to its source location - a point in 

space on the lightning channel. Atmospheric parameters 

may be determined through the inverse procedure. The 

lightning channels are photographed and they become a known 

source in order to derive an empirical model atmosphere. 

Thus, acoustic profiling allows a ground-based study 

of the lightning channel structure inside thunderstorm 

clouds. The best spatial resolution of the technique to 

date is + 50 meters at a range of 5 km, with the range limit¬ 

ed by atmospheric attenuation and refraction of the acoustic 

wave away from the observer,(Fleagle, 1949). These processes 

put a limiting range of 5 - 25 km on the applicability of 

the technique, depending on the degree to which acoustic 

refraction has occurred. It must be pointed out that these 

limits only apply to single station deployment of microphone 

arrays. Multi-station arrays greatly increase effective range 

and data statistics. 
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CHAPTER 2 

THE 1970 TUCSON EXPERIMENT 

2.1 The Field Configuration 

The Rice University Space Science Department Mobile 

Thunder Recording Laboratory was taken to Tucson, Arizona 

in August 1970 to conduct acoustic profiling experiments. 

These experiments were carried out in coordination with the 

University of Arizona Institute of Atmospheric Physics at 

their lightning observation laboratory located on the grounds 

of the Tucson Magnetic Observatory eight miles East of Tucson. 

August was chosen because this is the peak thunderstorm month 

for the Tucson area. Tucson was chosen as the 1970 Summer 

site because of the lightning photography capability of the 

University of Arizona, and also because of the type of 

thunderstorms that occur in the neighborhood. Usually every 

day or two, in the evening or during the night, small, very 

localized and intense convective thunderstorms are generated 

and may be seen in this area of the Southwest. 

The topography around Tucson was ideal for our studies. 

Tucson is located on an alleuvial plain near the Catalina 

Mountain Range in a desert area that may best be classified 

as semi-arid. The nearest mountains are 15 km to the North 

and they rise abruptly from the desert floor (see Figure 1). 
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Figure It Location of the Tucson 1970 Acoustic Profiling 
Experiment, The array location is marked with a cross and 
the arrows indicate some of the larger peaks visible on 
photographs of lightning flashes. 
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The nearest buildings in the outskirts of Tucson are 

6 - 7 km to the West. The microphone array was located 

in a sandy area with no ground cover, but with clumps of 

chaparral or cactus spaced about every five meters. The 

relative humidity remained fairly steady, around 40 - 50%, 

except during thunderstorms when it approached 90% (U. S. 

Weather Service, Tucson, Arizona, 1970) . Thunderstorms 

usually arrived from the East and swung along the Southern 

edge of the Colorado National Forest, North of Tucson. 

Conditions for recording were excellent. Due to the 

isolation of the array site from city noise, automobiles 

and machinery, a very low baseline noise level was recorded. 

Occasionally aircraft traffic from nearby Monahan AFB and 

from Tucson International Airport was recorded, but this 

noise was minimized during thunderstorm occurrences. Both 

the airport and the Air Force Base were located too far 

away for any surface activity to be detected. 

2.2 The Microphone Array Geometry 

The microphone array consisted of three Globe model 

100BXXX capacitor microphones .deployed at the vertices of 

an equilateral triangle 100 meters on a side as illustrated 

in Figure 2. Notice that the microphone nearest the truck 



Figure 2. The Array Configuration. Notice that the IAP 
Lightning Lab is oriented with respect to True North, while 
the array is oriented with respect to Magnetic North. 



9 

was 30 meters removed from the truck - far enough away for 

it not to be sensitive to people walking around the record¬ 

ing truck. Each microphone was mounted on three tripod legs 

with the pressure sensitive element 7 cm from the surface 

of the ground. An acoustic wave arriving at a microphone 

location is directly picked up by the microphone as is the 

first wave reflected from the ground at the base of the 

microphone. Each microphone was located on hard-packed sand 

with no grass or weeds nearby, therefore, it may be assumed 

that the air/ground contact formed an excellent acoustic 

interface with a high reflection coefficient. 

If the incoming sound makes the angle 6 with the 

vertical and the pressure sensitive element is d cm above 

the ground, the' corresponding phase shift due to one reflec¬ 

tion is 

A<p = 720(-^—) cos 5 degrees (2 

or the time delay between the direct and the first reflected 

wave is 

At = 2 (^) cos 6 seconds (2.2.2) 

where A, is wavelength and v is sound speed. Table I 

illustrates the dependence of phase shift on acoustic 
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frequencies of interest for a representative value of the 

sound speed. Note that for the expected frequency range 

o 
of thunder, the phase shift does not exceed 40 and approaches 

o 
45 , or a quarter wavelength, at incoming frequencies of 

350 hz. We conclude that the microphone response represents 

the in-phase addition of the direct wave and the first reflec¬ 

ted wave. For the observed thunder spectrum, it is not a bad 

first-order approximation to say that the pressure response 

of the microphone is twice the pressure of the incoming wave? 

hence, we observe the phenomena of pressure doubling at the 

microphone. 

TABLE I. Maximum phase shifts due to vertical 
incidence on reflecting earth. The sound speed 
is assumed constant and equal to 340 m/sec. 

Frequency f Wavelength X Phase Shift 

10 hz 34.0 m 1.5 deg. 

100 hz 3 .4 m 15.0 deg. 

200 hz 1.7 m 30.0 deg. 

300 hz 1.25 m 40.0 deg. 

400 hz 0.85 m 59.0 deg. 

500 hz 0.68 m 74.0 deg. 

Each microphone was covered with a windscreen two feet 

in diameter. The screen was designed to reduce small, local 

variations in pressure due to wind flowing around the microphone. 
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2 .3 The Microphones 

The discussion of the instrumentation to follow in 

this report is not exhaustive; it has been adequately dealt 

with elsewhere (Few, 1968). We include the salient details 

for completeness and to illustrate how the method of taking 

data may bias the results. 

Microphones were chosen to fit two principal criteria: 

sensitivity and frequency response. The Globe capacitor 

microphones have an approximately flat frequency response 

over the frequency range of interest (see Figure 3). The 

3 db cutoffs are at 0.1 hz and 450 hz. A pressure sensitive 

circular parallel plate capacitor acts as a vibrating drum 

head to produce the microphone's output voltage proportional 

to pressure. When a pressure change occurs at the microphone 

diaphragm, the capacitance of the element changes, thus chang¬ 

ing the voltage seen at the output terminals. Calibrations of 

the microphones to known pressure variations were done in 

1968 by A. Few and his results for frequency response calibra¬ 

tions may be seen in Figure 3. 

The microphones were recalibrated in July 1970 by 

Globe Universal Sciences, Inc. to yield a high mode sensitivity 

of 0.225 volt/dyne/cm2 and a low mode sensitivity of 
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0.045 volt/dyne/cm^, adjusted to 1/5 the high mode sensi¬ 

tivity. The appropriate mode is selected by the operator 

prior to an experimental run. Most of the time during the 

recording of thunder from an isolated thunderstorm cell, 

the sound level is less than 130 db (referenced to 0 db 

equal to 10 XD watts/cm ) except when the lightning is less 

than two or three miles away and the sound level approaches 

150 db. With the microphone low-mode sensitivity selected, 

the dynamic range of the microphones is 74 db with the 

response going non-linear at 124 db (+ 10 volts output). 

The microphones must see a pressure field of from 0.08 micro¬ 

bars to 400 microbars in order that the output voltage response 

be linear and within the limit + 10 volts. 

2.4 The Mobile Data Recording System 

Figure 4 is a block diagram of the field mobile data 

recording system. The system consists of nine data inputs 

plus photography. The nine data inputs are fed into a signal 

conditioning unit and then output in two modes: magnetic 

tape and direct print oscillogram. 

Outputs from the microphones were input to a set of 

amplifiers where gain settings of 0.5, 1.0, 2.0 or 5.0 were 

selected to adjust the peak voltage output to + 1.0 volt rms, 
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the input voltage limitation of the CEC tape recording 

system. That is, if it is determined that the maximum 

signal output from a microphone is + 10 volts, then we 

must attenuate the signal to + 1.0 volts, while if we 

determine that the maximum signal output from the micro¬ 

phones is 0.1 volt, we must boost the signal to 1.0 volt 

prior to being recorded on tape. 

Because of the limited dynamic range of the analog 

tape system (36 db), and because of the dynamic range of 

a "loud" thunder signal with respect to distant rumbles 

(around 70 db), it was necessary to shape the acoustic signal 

prior to being recorded, on tape. This was accomplished with 

a shaping preamplifier whose response characteristic is pre¬ 

sented in Figure 5. Notice that the response of the unity 

gain amplifier is linear until an input voltage of 0.7 volt 

is reached (100 db), at which time the response begins to 

level off and approach 1.2 volts out for 2.0 volts in. If 

the curve were to continue to higher voltages, as, for 

example, the microphone output limit of 10 volts, we would 

notice that the shaping preamplifier output was only 1.3 volts. 

So for all but the ,rloudest,r thunder signals, the response 

curve adequately shapes the output signal to fit within 

+ 1.0 volt rms. 
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If the X5 gain amplifier is being used, the response 

enters non-linearity at an input voltage of 0.1 volt rms 

(80 db) and a very large input voltage change corresponds 

to a very small voltage output change, thus making the 

acoustic data highly inaccurate in amplitude. This signal 

shaping effect will be seen in all the acoustic data to 

follow in this paper. In some cases the thunder data re¬ 

corded were totally useless, while, in general, the shaping 

affected the data quality only slightly. If signals larger 

than + 1.0 volt are input to the CEC recording system, the 

signal is folded in on itself until 1.0 volt is reached. In 

so doing, high frequencies are introduced and the resulting 

frequency spectrum bears little resemblance to the actual spectrum. 

It may be said,'that when gains of less than 5 were being used, 

and when the sources of the thunder were greater than one or 

two kilometers away (sound levels less than 120 db), the data 

were usable. 

2.5 The CEC Tape Recording System 

The tape recorder used was a Consolidated Electro¬ 

dynamics VR3300 tape recorder. It has five FM channels, two 

direct recording channels and one voice comments track on 

the edge of the \ inch magnetic tape. 
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In FM recording, the analog input is used to frequency 

modulate a carrier signal which is then recorded on tape. 

The frequency of the input signal is present as the rate of 

change of the deviation of the carrier from its center 

frequency, and the amplitude of the input signal is preserved 

as the percent deviation of the carrier from its center fre¬ 

quency. A full scale input of + 1.0 volt rms will cause 

+ 40% deviation of the carrier from its center frequency. 

At the field recording speed of 3 3/4 IPS, the carrier 

center frequency is 6750 hz with the + 40% deviation limits 

set at 9450 hz and 4050 hz. All frequencies are set to 

better than 1% precision. 

In the playback mode, the frequency modulated carrier 

is amplified, limited and demodulated. A low-pass filter 

plug-in unit eliminates the carrier frequency and its cut-off 

response is the upper frequency limit of the FM record/reproduce 

system. 

The 1970 Tucson data were played back at 1 7/8 IPS in 

order to exactly halve the frequencies recorded on tape. This 

was done to remove aliasing problems in the analog-to-digital 

conversion process explained in section 3.1. At a playback 

speed of 1 7/8 IPS, the signal passband extended in frequency 

from DC to 1250 hz with output voltages within the + 1.0 volt 
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range. The output voltages from the reproduce amplifiers 

are accurate to within 0.5%. 

Prior to each new operation day, the five FM channels 

of the tape system were put through a field calibration 

routine to insure close correspondence with system design 

specifications. The direct recording channels with frequency 

response 100 hz to 20 khz were calibrated in the laboratory 

prior to leaving for Tucson. They were not field calibrated 

because WWV and operator comments were the only signals fed 

through them. There was no need for absolute calibration 

of these signals. 

2.6 Electric Field Measurements 

In order' to provide electric field and timing infor¬ 

mation, an electric field meter (hereafter called EFM), 

characterized by a ,fslow antenna" (Uman, 1969) with a 

2.22 second RC time constant, was input to the tape 

recorder/oscillograph system. This type of meter was chosen 

in order to examine the structure of the observed electric 

field changes to aid in matching the acoustic returns to 

a particular lightning event. , 

The sudden field change (6-10 microseconds) signifying 

the occurrence of a lightning discharge was adequate for 
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providing a time origin for that particular flash. The 

time scales of interest in acoustic profiling are tenths 

of seconds to seconds, therefore any origin time error 

accurate to microseconds may be safely neglected. 

Our EFM antenna consisted of two parallel 0.25" thick 

aluminum plates, each of 0.25 m^ surface area separated 

by 10 cm, yielding an antenna capacitance of 25 pf. The 

bottom plate was anchored to the ground with four 6" aluminum 

stakes in an effort to reference the bottom plate to earth 

potential and to provide anchoring support. When the circuit 

shown in Figure 6 is placed between the antenna and ground, 

the output voltage is related to the electric field by 

C 
u s Eh  2  

C + C 
g 

where C = C2 = 0.0022 pfd (HI MODE) 

C + C2 = °'
2222 (LO MODE) 

C = antenna capacitance = 25 pf 
g 

h = plate separation = 10 cm 

Either the HI MODE or the LO MODE was operator select¬ 

able, depending on the magnitude of the signal from the 

antenna. When operated in the LO MODE, the output voltage 
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was minimized and with R = 10 Megaohm, the voltage u was 

allowed to decay with a time constant 

T = R(C 4- C ) =S RC = 2.22 seconds 
g 

The time constant remained 2.22 seconds when operated in the 

HI MODE, but a given electric field change produced a larger 

output voltage in the HI MODE than in the LO MODE operation. 

The EFM output was run in one of six gain modes (G = 50, 20, 

10, 5, 2, 1) which was operator selectable. The output 

signal was clipped by Motorola 1N4728 Zener diodes to insure 

that the signal input to the recorder did not exceed 

+ 1.0 vrms. 
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Unfortunately the EFM did not operate as expected in the 

field. The bias of the meter was extremely unstable, and 

it was virtually impossible to calibrate the meter to a 

constant known bias. As shown in Figure 7, the output signal 

was clipped at such a low voltage level that much information 

on the structure of the electric field change was lost. 

Even though clipping occurred, the output from the EFM 

was still acceptable for the purpose of providing lightning 

onset-time data. (See the two events at 3.5 sec and 7.0 sec 

in Figure 7.) 

of about 4-5 seconds. 

The electronics were housed in a Globe microphone case 

and heremetically sealed from the outside environment with 

an 0—ring seal and silicone grease. However, it was found 
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that during each thunderstorm, the meter operated correctly 

until rain began to fall. The downpour of rain caused the 

time constant, normally 2.22 seconds, to decrease drastically 

and approach zero, thus making the EFM no more effective than 

a long wire antenna in its response to an electric field change. 

Upon examination, we found that either water leakage, 

or, most probably, condensation had occurred inside the EFM 

case. After the storm, when the case was opened, a small 

amount of water dripped out. The electronics were moist to 

the touch. The parallel plate antenna was coated with a 

thin layer of muddy water and sand, including the lucite 

standoffs between the plates. It seems clear that the two 

plates were shorted out as the capacitance of the antenna 

decreased due to the current path provided by the muddy water. 

In further experiments, we will redesign the EFM system 

to better protect it against the elements. Current plans are 

to make the antenna out of two concentric aluminum hemispheres, 

standing off the surface by 18,f. The electronics will be 

housed in the cavity of the innermost sphere and sealed from 

the environment. Dessicant will be placed in the cavity to 

absorb any condensation which may occur. The antenna geometry 

insures the antenna against raindrops and muddy water being 

blown into the area between the plates. These precautions 
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should help maintain a steady RC time constant throughout 

the duration of the thunderstorm. 

2.7 Supportive Equipment 

Although the three microphones and the electric 

field meter provide the system's primary inputs, other 

equipment is necessary for successful acoustic profile 

analysis (Figure 4). Real timing was provided by WWV from 

Ft. Collins, Colorado and recorded both on magnetic tape 

and on a permanent oscillogram. Two recording channels were 

used for operator voice comments: one for the mobile recording 

system operators and the other for the camera operator, lo¬ 

cated in the lightning photography lab about 30 ft. away. One 

FM channel was available for another primary detector. In 

past experiments a Bruel and Kjear l,f capacitor microphone 

was used on this channel to monitor the high frequency 

content of thunder. The B & K frequency response extended 

from 20 hz to 20 khz (Few, 1969). 

However, during the 1970 Tucson experiment, the 

outputs from two seismometers with a signal passband of 

7.5 hz to 20 khz, on loan from Pan American Petroleum Corp., 

Houston, Texas, were summed and fed into the auxilliary 

channel. The seismometers were used to determine the 
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percentage of acoustic energy input into the ground and to 

determine whether this energy would be sufficient to create 

detectable reflections from buried strata. It was found, 

however, that the thunder completely masked all response 

of the seismometers to possible reflection energy. The only 

acoustic response noted was due to the first arrivals of 

the thunder events. However, the seismometers were not with¬ 

out their uses. The cable connecting the seismometer string 

to the truck acted like a long wire antenna, receiving the 

electric field changes as sharp spikes. This provided us 

with a needed degree of redundancy in recording the electric 

field information for time origins, and both prior to EFM 

system activation and after failure of the EFM, provided us 

with the only electric field data. 

Also, as reported by Few and Teer (1971) the seismometer 

acted as a rainfall indicator in a way not anticipated. When¬ 

ever a raindrop hit the case of the seismometer, a very sharp 

impulse was recorded with the height of the impulse propor¬ 

tional to the vertical component of the raindrop's momentum. 

This is so since the seismometer measures the acceleration 

of the outer case with respect to its inner core. Con¬ 

sequently, a rain rate spectrum in counts per minute was 

derived and may be seen in Figure 8 (Few and Teer, 1971). 

Since each recorded impulse only occurred in about one 
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Figure 8: The August 3 Thunderstorm during the Tucson 1970 
Experiment. This figure represents a potpourri of system 
operations and observed thunderstorm parameters such as rain 
rates, thunder levels, electric field event counting rates 
and counting rates of photographed lightning flashes. (a) 
Observe the failure of the electric field meter as the rain 
rate increases. The EFM was turned on at 0252 MST and began 
to fail at 033 2, just as rain began to fall on the parallel- 
plate EFM antenna. The EFM operated intermittently until 
total failure at 0355 MST, when the rain rate approached 
a maximum. (b) The rain rate, in units of counts per 
minute, was derived from the response of an oil exploration 
seismometer to the impulsive "kick" delivered by a raindrop 
to the instrument casing. (c) Throughout most of the 
thunderstorm, the environmental noise was quite high; the 
most usable data occurred in the time interval 0324-1415, 
when the thunderstorm was less than 5 miles away, and the 
thunder levels were approaching their maximum. Notice that 
even when unity gain amplifiers were used, the thunder levels 
were being severely shaped, as discussed in the text. (The 
small tick marks on the thunder level plot indicate severe 
shaping, and the line of numbers (X2, X5, XI) indicate 
amplifier gain settings.) (d) Notice that throughout the 
entire three hours of the thunderstorm, there was only one 
two-minute time interval when thunder was not heard. This 
storm is characterized as a small, localized, extremely 
active convective thunderstorm, commonly occurring throughout 
the Southwest during the summer. (This slide was presented 
by Few and Teer (1971) at the Fall Annual Meeting of the 
AGU in December 1971 in San Francisco.) 



STORM SUMMARY, TUCSON AUG. 3, 1970 

Mountain Standard Time 
Tape Recorder ON 

Electric Field Events 
(Events/Minute) 

(Major Events/Minute) 

2:30 2:40 2:50 3:00 3:10 3:20 3:30 3:40 3:50 4:00 4110 4:20 

Rain Rate 

(Counts/Minute, 
Large Drops) 

Extraneous Noise Level 
5 = unusable 

6 = ideal 

Thunder Level 

In db (ref. 2 x IO"4/*b 
or rms) 

Photographed Cloud to Ground 
Lighting Flashes _ 

(**/IOminute period) [_ Q 
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millisecond or less and we have presented the data in 

increments of minutes over a time span of two hours, we 

see that the microstructure in the rain rate spectrum is 

"real” and not introduced by experimental observation error. 

It is possible to identify six rain "gushes" independent of 

the general increase of rainfall during the period 0340 to 

0540 MST. We plan to continue making measurements of this 

sort in the future because of their help in meteorologically 

defining the storm. Also, it should be possible to resolve 

the question of whether large gushes of rain are triggered 

by and follow lightning discharges, as several authors sug¬ 

gest (Moore et al_., 1964) . This may be done by correlating 

the rainfall rate spectra with lightning or acoustic profiles 

2.8 Photographic Support 

Photographic Support was provided by the Institute 

for Atmospheric Physics at the University of Arizona. 

Mr. Leon Salanave, in charge of the lightning observation 

laboratory at that time, and primarily interested in the 

spectrographic analysis of lightning, cooperated fully with 

us and took all the lightning photographs during the 1970 

experiment. We were provided with photographs of lightning 

events which could be correlated with our electric field and 

acoustic measurements. An army surplus aerial surveying 
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camera, the T-ll (serial no. DF7334), was used for the 

lightning photography. The T-ll has a calibrated focal 

length of 154.41 mm. The image is cast on a 9" x 9" format 

KODAK Aerographic PLUS-X film (ASA 125) from which 

negatives and contact prints were made. Besides the actual 

lightning channel photograph, several indicator scales were 

printed on each frame. These scales included a real-time 

clock, a frame counter, a date pad, the focal length and 

serial number pad, and a time duration clock which was in¬ 

operable for the experiment. Figure 9 is a representative 

photograph, scaled in azimuth and declination, and Figure 10 

is a schematic drawing of a representative photograph. A 

line drawn which passes through the two sets of black dots, 

and a line drawn which passes through the two tick marks on 

the edge of the photograph, intersect at the physical center 

of the photograph, indicated by the cross-hairs in Figure 10. 

The camera is calibrated so the line drawn from the photo¬ 

graph center through the focal point is normal to the plane 

of the film. Therefore, the cross-hairs in the center of 

the photograph indicate the look direction of the camera. 

The T-ll camera was located in the observation room 

at the lightning laboratory. This room, about 8' x 8' x 8' 

o 
could be rotated 360 in azimuth. The camera was rigidly 

mounted to the room and rotated with the room. It was 
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oriented so its look direction was normal to one of the 

o 
walls of the observation room and roughly 6 above the local 

horizon. The wall normal to the look direction had a very 

large window cut out in such a way that the window flap was 

raised on hinges at the top and swung outward and fixed 

into position. The window flap cuts off the vertical field 

o 
of view of the camera and limits it to about 30 above the 

local horizon. The protrusion of the window flap may be 

seen clearly in Figures 9 and 10. The flap was necessary 

to keep rain from being blown into the camera system during 

thunderstorms. Even when present, it was still impossible 

to orient the dome so the camera looked di'rectly into the 

storm because of the incoming rain. However, the window 

flap could have been raised further to greatly improve the 

vertical field of view. This small vertical field reduced 

the value of the photographs to the experiment. 

The photography sequence of events went as follows: 

When a lightning event of sufficient quality occurred within 

the field of view of the T-ll camera, the shutter was closed 

electrically and the film advanced to the next frame, at 

which time the shutter again automatically opened. The time 

of shutter closure (as 0452 MST) is permanently recorded on 

film, so the difference between two adjacent times yields 

the total exposure time for any particular frame. This 
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Figure 10. Schematic Drawing of a Representative Photograph. 
The cross-hairs represent the photo-center, found by the 
intersection of two lines made by joining the two tick marks 
on the film edges and the set of four black dots running 
parallel to the film edge. The top shaded portion represents 
the part of the camera field-of-view blocked by the roof. 
The bottom shaded area represents the foreground, and the 
antenna outline represents one of the known survey points 
which aid. in orienting the photograph. 
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time varied from a few seconds to six or seven minutes. 

If no lightning flash occurred within several minutes, the 

film was advanced in order to always leave unexposed film 

behind the lens. No daylight photography was attempted. 

Several problems occurred with this system. The most 

severe problem dealt with lightning channel identification. 

In most photographs there were several visible lightning 

channels and it was not always possible to absolutely identify 

them. For use with the acoustic profiling, it was necessary 

to know the absolute time of occurrence of each channel. This 

was difficult to determine since the only recorded time was 

the end-of-frame time. However, we were aided by the camera 

operator's comments that were recorded on tape. Each time 

a lightning flash occurred that was important enough to 

warrant a frame change, the operator put on tape a comment 

like "FLASH...EXCELLENT...CENTERED...0311..." or 

"FLASH...EXTREME LEFT OF FIELD 03 25". These comments were 

very consistently done, and when an oscillogram was made by 

playing out a voice print on one channel alongside the electric 

field channel, we noted the word "FLASH" followed the electric 

field change by one or two seqonds without fail. 

The other problem has been partially dealt with. Since 

one of the purposes of trying to match acoustic reconstruc¬ 

tions to photographs is to prove the worthiness of the 
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technique, lightning channels which are to be reconstructed 

should have some very visible large and small scale structure 

to them. Due to a limited vertical field of view, most of 

the photographs show only a small portion of the total 

visible channel (about 25°- 30°from the horizon) . Since 

Leon Salanave was primarily interested in photographing 

channels which would have been good for spectroscopic analysis, 

we obtained many photographs which were very close to the 

camera and had little visible structure. We were more interest¬ 

ed in the channels farther away with characteristic structure. 

2.9 Photo Projection 

With the given T-ll focal length of 154.41 mm and the 

9" x 9" film format, we see from Figure 11 that the angular 

measure of the sky subtended by the lens (the field of view) 

is 

tang 

tang 

2r 

22.9 cm 
2(15.441 cm) 

g = 36.5 

and the field of view becomes 

2g = 73' . 

2.9.1 
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Figure 11. The Lens System. An object in the sky, cast onto 
the tangent plane, is viewed by an objective lens at 0 and 
exposes a point on the photographic plate of dimension D. 
57 and *1' are the coordinates of the point on the plate from 
the photo-center. 
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For these plates, 0.1 inch is equivalent to approx- 

o 
imately 1 of arc. That is, two points separated by 

0.1 inch on the plate are separated by roughly 1° of arc 

in the sky. 

Now let (§',r>')be the coordinates of the projection 

of a point on the tangent plane, and (§ ,77 ) be the image 

coordinates on the photographic plate. The tangent plane 

is that plane normal to the line of sight (the look direction) 

of the camera and is tangent to the celestial sphere (Figure 12). 

Then 

§'/r = §/r' 

r?'/r = 77/r’ 

and from Figure 12 

S'/r = sineotan0o 

•n'/r = cose tan0 
o o 

and by equation 2.9.2 

2.9.2 

2.9.3 

F = r'tan0 6inf) 
*00 

2.9.4 
■n = r ' tan0 cosfl 

where (5,77 ) are the image coordinates on the photographic 

plate with respect to the origin defined by the intersection 

of the camera look direction and the plane of the photograph 

normal to that direction. 
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With rearrangement, we may express the angles 

0 and 6 in terms of the standard dimensionless coor- o o 

dinates § and 77 . § and 77 are expressed in units 

of focal length. 

9 = tan'1 
o n 

2.8.5 
. -1 /~2 T 

(pQ = tan V § +77 

It is easily shown that 0o and are expressible in terms 

of the azimuth and declination, the coordinates for the 

point P in Figure 12. The azimuth/declination system form 

the natural coordinates for the acoustic reconstruction 

process. Without any knowledge of the atmosphere through 

which the thunder propagates, the simplest atmosphere to 

choose is a no-wind/constant-temperature atmosphere, where 

the direction from the array to a source point is simply 

given by the azimuth and declination of the initial wave 

vector k . 
o 

However, all acoustic reconstruction coordinates are 

referenced to a fixed compass coordinate system with the 

z-axis pointing in the direction of the local zenith as 

seen in Figure 32. In order to match a photograph of a 

lightning channel to an acoustic reconstruction, it is 

necessary to either project the photograph into the fixed 

frame of the array or cast the reconstructed coordinates 
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Y' 

Figure 12. Angular Definitions. A point P on the tangent 
plane may be defined by the standard coordinates Q& and £fi0 
or by the azimuth/declination coordinates J and IT- 
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into the coordinate system defined by the look direction 

of the camera. 

This would be a simple problem but for the fact that 

only for points which lie on the coordinate axes of the 

photograph is the distance vs. angle scale simply tangential. 

This was not often the case. While the microphone array was 

oriented in a plane perpendicular to the zenith, the camera 

look direction seldom was oriented normally to the zenith. 

Generally it was pointed between five and seven degrees 

above the horizon and in arbitrary azimuthal directions. 

The orientation of the camera was not well-defined instru- 

mentally, but in many photographs recognizable objects on 

the horizon were visible due to the long exposure time of 

the film. These points were located later in the daytime 

and surveyed for azimuth. It was assumed that the declination 

of these points on the horizon was 0° , that is, they lay in 

the plane perpendicular to the zenith. As an examination of 

the topographic map of the Tucson area in Figure 1 will show, 

this was not a bad assumption, although errors on the order 

o 
of 2 in declination might be expected. 

Since the camera look direction is never directed toward 

the one known point on the photograph, the survey point, it 

is necessary to calculate § and 77 for the survey point s s 

in order to match the acoustic coordinates with the photographic 
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coordinates. Once this is done, we must calculate 

§ and 77 for each set of acoustically derived spatial 

coordinates. 

If (A,D) are the azimuth and declination of the camera 

look direction and (ao» 6 ) are the azimuth and declination 

of the survey point, then for a given azimuth and declination 

of a reconstructed source point, we calculate the coordinates 

(§ / ?? ) to plot the source point in the frame of the camera 

look direction as follows: 

where A and D are first determined from a knowledge of 

CL and 60 and the (x,y) coordinates of the survey point 

taken from the photograph, (§q, V0)• 
as follows: 

77 _ sinScosD - cosSsinDcos (g, - A) 
r’ sinfisinD + cosgcosDcos(a - A) 

2.8.6 

cos6sin (a - A) 
sinfisinD + cosftcosDcos (a - A) 

2.8.7 
o 

sin§ - 77 cos6 cos (a - A) o ' c\ r\ ‘ r\ o 'o 0 0 
77 sins + cos6 cos (a - A) 
00 00 

tanD 



The derivation of these formulae is involved and we 

include it as Appendix I of this thesis. Note that the 

camera may be pointed in any direction and the equations 

yield the projection onto the movable camera frame of a 

lightning flash in the fixed array frame. 
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CHAPTER 3 

DIGITAL PROCESSING TECHNIQUES 

3.1 Analog-to-Digital Conversion 

After returning from the field with several hours of 

analog thunderstorm data, we must selectively digitize 

interesting portions of the field records. The digitization 

is selective due to the high cost of randomly processing all 

the analog data. We estimated that in order to digitally 

process all the analog data taken during one two-hour 

thunderstorm, we required $250,000. 

Digitizing data consists of performing two simultaneous 

operations on a continuous signal: sampling and quantizing. 

Since most analog data have a fairly well defined bandwidth 

in the frequency domain, it is important to sample the signal 

often enough in order to adequately reproduce the highest 

frequency present. Failure to sample the highest frequency 

properly will introduce aliasing effects into the digitized 

data (Bendat and Piersol, 1966). The effect of aliasing may 

be thought of in the following way: If a stroboscope illum¬ 

inates the spokes of a rapidly spinning wheel, and if the 

frequency of the stroboscope is lower than the rotation 

frequency, then the wheel will appear to be rotating more 

slowly than it actually is rotating. This apparent frequency 

is visible evidence of aliasing (Peterson and Dobrin, 1966). 
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Consider a sample rate of h = At 

the time interval between samples. Data frequencies higher 

than ^h hz will be folded into the frequency range(0 -^h)hz 

and disguised (or aliased) as frequencies belonging to that 

range. The cut-off frequency 

f = J*h 
N 

is called the Nyquist Frequency and we see that any fre¬ 

quencies present in our data higher than f will be aliased. 

We may handle aliasing in two ways: If we know that 

our data will contain negligible power spectral density in 

frequencies greater than f , then we may choose f to be 
o N 

2f , thereby sampling the frequency f twice per cycle. In 
o o 

practice, when noise is present, it is safer to sample the 

highest frequency f at least 10 to 20 times per cycle 
o 

(Bendat, 1958). 

If it becomes impractical to sample the data at a fast 

enough sample rate, aliasing may be removed by filtering the 

analog data prior to digitization, but care must be taken when 

applying a filter operator to raw data, as we explain in 

Appendix II. 

The frequency content of thunder is now well documented. 

Few and Dessler et al. (1967) report a dominant thunder fre¬ 

quency of 200 hz, although this was obtained by counting zero 

crossings. Few and Dessler (1969) present a theoretical 
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calculation of the minimum dominant thunder frequency. 

They assume spherical shock conditions, and they allow 100% 

of the energy released by the lightning flash to be converted 

into shock wave energy. For characteristic energy densities 

and distances, a dominant frequency of 57 hz is calculated. 

Brook ^t aJL. (1968) and Bhartendu (1969) report acoustic 

power spectral density distributed from about 10 hz to 

150 hz. Few (1969) reports measured acoustic power spectra 

with essentially no frequencies present greater than 300 hz. 

Although power spectra were not calculated for the data 

reported here, we have seen nothing to indicate the presence 

of frequencies greater than 300 hz. 

Signal sampling and quantization was performed with a 

Raytheon MiniverterR, comprised of 16 multiplexed A-to-D 10-bit 

converters with accompanying high speed sample-and-hold ampli¬ 

fiers, control logic and power supplies. The analog input 

signal is sampled by using a high speed electronic switch 

which connects a sample-and-hold amplifier into the circuit 

for a short time. The voltage stored in this amplifier is 

then compared to a reference voltage in the converter which 

changes in quantum steps until the input voltage falls within 

a specific voltage interval (see Figure 13). This set 

quantum voltage is then transmitted by the ADC in coded two's 
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complement arithmetic to the SDS-92 computer for formating 

and storage on magnetic tape. While the A-to-D conversion 

cycle time is 20 microseconds (50 khz), the actual conversion 

is limited by the SDS-92 computer cycle time. As the ADC 

generates coded output, the output is stored in a buffer. 

When the buffer is filled, it dumps to magnetic tape. Mean¬ 

while, the ADC is again filling a buffer to restart the 

sequence. It is clear that the entire operation is time 

limited in order not to lose samples of data. Our 

ADC Convert routine accepts a sample rate no greater than 

1000 samples per second on four parallel channels of infor¬ 

mation . 

As mentioned in Section 2.5, the analog data were 

recorded at 3 3/4 IPS and played back upon digitization at 

1 7/8 IPS with a passband input to the ADC of 0 - 1250 hz, 

(0 - 2500 hz at 3 3/4 IPS) . Consequently, the data were 

sampled at an effective sample rate of 2 khz, or a Nyquist 

frequency of 1000 hz. Since no frequencies were expected 

above 300 hz (the Globe microphone passband is 0 - 450 hz), 

no aliasing problems have been expected or encountered. 

The quantization error is not large: in Figure 13 

the quantization is seen directly. At the i*-h sample, the 

analog voltage is read on the right vertical scale, but the 
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quantized output is the (n + 1)st voltage interval which 

corresponds to some two's complement number, like, for 

instance, 0111101111, representing the closest 

correspondence to the desired value. Table II presents 

a list of selected analog voltages (from the Raytheon 

Miniverter Tech. Manual) and their corresponding two's 

complement coding. Notice that by changing a coded digital 

output by one count, we have changed the analog voltage 

by + 0.02 volts. 

If the error due to quantization is uniformly distributed, 

it can be shown (Bendat and Piersol, 1966) that the errors will 

have a mean value of zero and a standard deviation given by 

6 = 0.29 (scale unit) 3.1.1 

The full range of the ADC system is +_ 10 volts in _+ 250 

voltage increments, so one scale unit equals (1/250) and the 

RMS noise-to-signal ratio is 

N/S = 0.29(1/250) = 0.001 

This error due to quantization is very much smaller than 

other system errors to be discussed later. 

3.2 Preparation of Digital Tapes 

The output of the ADC system is controlled on-line 

by the SDS-92 computer. When triggered, the ADC samples 



Table II. Analog-to-Digital Conversion. This digital output 
code is sent to the SDS-92 computer. 

Analog 
Input 

Digital Output 
Code 

Serial 
Output 

+ 9.980 0 111111111 
+9.961 0 111111110  1  
+ 9. 922 0 11111110 0  1  
+ 9. 844 0 1111110 0 0  1  
+ 9.688 0 1 1 1 1 1 0 0 0 0  1  
+9.375 0 1 1 1 1 0 0 0 0 0  1  
+ 8.750 0 1 1 1 0 0 0 0 0 0  1  
+ 7. 500 0110000000  1  
+5.000 0100000000  1  —, 
+2.500 0010000000 111 

+1. 250 0001000000  1 1—1  
+0.625 0000100000  1 1—1  
+ 0. 313 0000010000  1 I—1  
+0.156 0000001000  1 1—1  
+0.078 0000000100  1 1—1  
+0.039 0000000010 —i ! i—i  
+0.020 0000000001 ■■ -'l.....     J  

0.000 oooooooooo 1  
-0.020 1111111111 ~1 1  
-0.039 1111111110 i i 

-J).059 111111110 1 -} 1      "1 1— 
-0.098 11111110 11 ~l 1 1 1  

i o
 

00
 

1111110111 n i : 1 i  
-0.333 111110 1111 ~i__j 1 i :  
-0.645 11110 11111 ~1 1 1 1  
-1. 270 1110 111111 “1 1 1 1  
-2.520 110 1111111 n i—i i  
-5.020 10 11111111  I  
-7.520 10 0 1111111 “1 I  
-8.770 1 0 0 0 1 1 1 1 1 1 “1 1  
-9.395 1 0 0 0 0 1 1 1 1 1 -1 1  
-9.707 1 0 0 0 0 0 1 1 1 1 n 1   
-9.863 1 0 0 0 0 0 0 1 1 1 “l : i  
-9.941 1 0 0 0 0 0 0 0 1 1 *n I  
-9.980 1000000001 n ; 1  

i o
 

o
 

o
 

o
 

1000000000 “I  ■ 
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channels one through four in sequence, thus sampling the 

three microphone channels and the electric field meter 

channel within approximately one microsecond. 

The signals out of the ADC are stored in a buffer and 

the output digital tape is created by emptying the contents 

of the buffer as it is filled. The digital tape is filled 

with groups of logical records called files. Each file 

begins with an identification record of 48 bits, with the 

last 12 of these 48 bits containing the file ID. The contents 

of the first 36 bits are arbitrary. Each file ends with an 

End-of-File mark, consisting of the binary number 

000111 with odd parity. The total number of records 

per file is arbitrary and depends only on the amount of data 

the operator feels like loading into a file. 

Each SDS-92 record is composed of 2048 words(with the 

exception of the ID record) divided up as follows: The 

first 512 words are 512 contiguous samples of the electric 

field meter channel. The second 512 words sample microphone 

channel 1? the third 512 words sample microphone channel 2; 

and the fourth 512 words sample microphone channel 3. 

The word format is not straightforward. While the 

ADC outputs strings of 10-bit words, the standard SDS-92 

word length is 12-bits. Therefore to make the ADC data 

compatible with SDS machine operations, two trailing zeros 
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were added to each ADC word. This is the same, in octal, 

as multiplying each ADC word by 4; that is, we renormalized 

all the data within the SDS-92 computer. 

The Burroughs B-5500 general purpose computer, where 

the bulk of the data processing is performed, uses 48-bit 

words, thus making the SDS-92 format incompatible with 

B-5500 machine operations. The SDS-92 computer memory is 

not adequate for the necessary data processing, and, con¬ 

sequently, it was necessary to re-format the SDS-92 data 

tapes to Burroughs compatible B-5500 data tapes. This is 

the justification for making the SDS ID records 48-bits long 

instead of the conventional 12-bits. 

3 .3 Mainline Processing Flow 

In Figures 14, 15 and 16, we present the entire 

digital data processing sequence, with the mainline processing 

terminating at Calcomp digital plots of cross-correlation 

functions and of digitized data at various time scales. The 

flow of data leading from the field oscillogram and an analog 

tape to an SDS-92 digital tape and accompanying oscillogram 

is presented in Figure 14. The operator examines Oscillogram I, 

the field oscillogram, to determine the data to be digitized. 

The analog tape is played into the ADC system and an SDS-92 

digital tape of the selected data is produced along with 
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Oscillogram II, containing the selected data and a serial 

count of the records generated. 

The SDS-92 digital tape may then follow one of the 

several paths shown in Figure 15. The most commonly chosen 

path is indicated in heavy black. The tape is carried to 

the Burroughs B-5500 computer where an SDS Plot Image Tape 

is produced for a Calcompt digital plot along with a re¬ 

normalized and reformatted B-5500 data tape. It is this 

tape that is used for the generation of cross-correlation 

functions. 

At this point we are ready to enter mainline processing 

flow (Figure 16). Mainline processing consists of computing 

sample mean values, subtracting these mean values from the 

data and entering this resultant data into statistical cal¬ 

culations of cross-correlation functions, auto-correlation 

functions and power spectral density functions. At any 

point in the mainline processing sequence, we may obtain 

Calcomp digital plots or we may decide to employ one of 

several digital data conditioning techniques prior to 

further analysis. The most important data conditioning 

technique concerning this experiment is that of selective 

digital filtering (see Appendix II). We will soon be in¬ 

volved in true amplitude recovery techniques, that is, those 

techniques that deal with the extraction of amplifier gain. 
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CHAPTER 4 

CROSS-CORRELATION ANALYSIS 

4.1 Non-Stationary Data 

It is evident from Figure 17 that the pressure 

variations caused by thunder form a time history that is 

random and non-stationary. Few (1968) reports thunder as 

being a source of non-stationary data. Non-stationary data 

differs from stationary data in a rather negative sense. 

That is, data that is not stationary is, by definition, 

non-stationary; the statistical properties describing the 

random data depend on the measurement time', and these statis¬ 

tical values fluctuate as time passes (Bendat and Piersol, 1966) 

This variability of statistical properties makes the analysis 

of the data difficult, and one must be careful about his 

interpretation of calculated statistical results (Few, 1968). 

However, this variability may work for us in some cases. 

In Figure 17 we see three common types of statistical varia¬ 

bility (Bendat and Piersol, 1966). Record (a) has a time- 

varying mean square value; Record (b) has a time-varying 

mean value and Record (c) has both a time-varying mean and 

mean square value. These differences in the statistical 

structure of thunder are responsible for the observed time 

delays and characteristic rumbles as the thunder signal 
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propagates across the microphone array- Notice that 

records (b) and (c) in Figure 17 have a very low frequency 

component, about 2 hz. If this low frequency component 

were due to thunder, then it should propagate across the 

array as an acoustic wave with its wave velocity equal to 

the local speed of sound (about 340 m/sec). If it were due 

to local turbulence or wind gustiness, then we should 

(a) not be able to locate this component at each microphone 

due to a very short lifetime or wrong propagation direction, 

or (b) locate this component at each microphone and calculate 

the velocity of the small turbulent cell as it crosses the 

array. 

On the other hand, and, more important for this 

experiment, if the high frequency components in records (b) 

and (c) remain coherent at each microphone, and are truly 

caused by thunder, then, due to their visible non-stationary 

structure, we are able to calculate the lag times-of-arrival 

of these small wave packets at the microphones as they cross 

the array. This fits the ,rstring of pearls,r concept of 

thunder propagation proposed by Few jet al^. (1969) . 
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4.2 Cross-Correlation Functions - Theory 

The cross-correlation function between two signals 

is extremely sensitive to the amplitude and frequency structure 

of the two signals. That is, the average product of two 

related signals will always he a maximum when the time 

displacement between them is zero. Hence, the time delay 

between two signals may be seen directly by referencing one 

signal in time and stepping the other signal through the 

fixed one. The location of the maximum correlation in time 

is defined as the delay time between the two signals. In 

Figure 18 (an example of a good cross-correlation), this 

peak occurs 160 ms to the left of the zero lag position, or, 

by convention, we say, "The signal from M3 lags the signal 

from Ml by 160 ms,r . 

There are many excellent references on signal 

analysis, (Blackman and Tukey, 1959); (Bevington, 1969);. 

(Bendat and Piersol, 1966), and we do not want to be re¬ 

dundant here, but a large part of the analysis of thunder 

data for reconstruction purposes,(Few, 1969) and(Teer and 

Few, 1971), has strongly depended on cross-correlation 

analysis. We feel that a review of cross-correlation 

techniques and theory is in order so that we may firmly base 

our discussion of the interpretation of the cross-correlations 



tion are defined as positive lag peaks. In this case, 
the signal from M3 lags the signal from Ml by 160 ms, 
Tiie correlograms are normalized such that the amplitude 
of the peak value is equal to one. The bias at each end 
of the correlograin is a visible representation of the 
normalization of the correlograin to a zero mean value. 
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of the thunder data. We draw heavily from Bendat and 

Piersol (1966) and from Papoulis (1965) for the theoretical 

development of correlation analysis. 

Let two time series (two sets of random data) be 

described with the random variables X(t) and Y(t) , where 

t may be a continuous variable in time or may be a discrete 

variable. If t is a discrete variable, then t -» r6 t, 

where r is an integer and £t is the sample interval in 

milliseconds. Let {X} and {Y} denote the complete 

set of values taken by the random variables X and Y. Average 

values are denoted by EfX} , which is equivalent to 

the expected value of the random variable'X/ or hy V . 
X 

The second central moment is defined as 

p = Ef (X - 77 ) (Y - 77 )} 
xy *■ — 'x — y 

and is called the cross-covariance of X and Y,. A small 

amount of manipulation yields the basic equation 

p = EfXY] - v v 

where fX] and [Y] are time series that have not 

had their mean values subtracted out, just as data depicted 

in Figure 19. If {X} and fY] are time series that have 

zero mean values, then 

R = EfXY] 
xy  J 

4.2.1(a) 

4.2.1(b) 
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is called the cross-correlation function. A plot of either 

u or R as a function of the time lag T between them xy xy 

is called cross-correlogram. It is sometimes useful to 

normalize the cross-covariance to lie in the range 

R: fp 1 -l^p^+1} • This normalized cross-correlogram is 

obtained by dividing by 

= s{£0 - yy 
xy / 2 1 

A/CX CT x y 4.2.2 

2 2 
where a =E{ (X-v ) } ,and a 2 is the sample estimate of 
X X X 

the true mean square value in the data. 

Two random variables are uncorrelated if 

E f x^} = EC2£}E(X} 

and are orthogonal if 

E f XY) =0 (Papoulis,1965). 

Notice that if the random variables X and Y are uncorrelated, 

then their cross-covariance is equal to zero, and the random 

variables (X - an<^ (X “ *?y ) are ortbogonal. This leads 

directly to the theorem that 

x+y 
2 2 

a + o x y 

(Papoulis, 1965) . 

An estimate of E fXY) at a time lag T may be obtained 

by calculating the average product of (23 and {Y} , 

where the averaging is over the finite time length of X and, 
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equivalently, of X. 

1 T 

Uxy(tl'T=VT,) = T h X(tl,y(t2+T)dt2 
4.2.3 

This is only an estimate of the true average product offX} 

and {Y}, because to form the actual cross-covariance, it 

is necessary to go through the limiting process: 

u = lim - J*o X(t )y(t2+T)dt2 4.2.4 

Notice we have written equation 4.2.3 as a function 

of t and T . This is correct, in general, for the time 

series representing the entire thunder event caused by one 

lightning flash. The signal may be easily sixty seconds 

long, and allowing the cross-covariances to be functions of 

the observation time in that 60 seconds is merely an expression 

of the non-stationary structure of the thunder signal. How¬ 

ever, we are not interested in analyzing the entire thunder 

event all at one time; we are interested in dividing it up 

into very small time segments, not necessarily contiguous, 

of approximately 250 ms per segment. Then, as long as we 

choose similar 250 ms segments from the output of another 

microphone (displaced 100 m from the first), the cross- 

correlogram becomes only a function of the time lag T, 

the time difference between the two signals. Consequently 
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1 T 

^xy(T) = T J X(t)Y(t+T)dt 4.2.5 J o 

All we have done by our judicious choice of time 

windows is make order out of portions of the non-stationary 

data. Since we have constrained the three time windows with 

the requirement that the data be similar to each window, we 

have extracted the absolute time dependence from equation 4.2.3 

and are now free to use equation 4.2.5 to calculate cross- 

correlograms. The resulting correlograms, (Ml X M2), 

(Ml X M3) and (M2 X M3) , will all be similar to each other 

if the similarity constraint has been carefully observed. 

There is no ci priori way to judge whether the cross¬ 

correlation will work when analyzing non-stationary thunder 

data. For instance, if a change in a window position of 1 ms 

caused a change of 1 ms in the resulting placement of correla¬ 

tion peaks, we might conclude that the analysis was so 

sensitive to our mathematical analysis technique that any 

physical significance would be lost. However, we have shown 

experimentally that this is not the case. Thunder is a physical 

phenomenon caused by a physical source, and we have shown that 

the resulting correlograms are strongly related to the position 

of this source. 

In Figure 19 we show two time series from Ml and M2 with 
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correlation time lengths of 512 ms indicated on the traces. 

We also show the cross-correlograms of these correlation 

windows. Notice that the correlation peaks are slightly 

time shifted with respect to each other. This is about 

the most serious time shift of this nature seen, and we 

conclude that our assumptions of treating the correlation 

windows as corresponding to source points on the lightning 

channel are justified. After finishing our theoretical 

survey of correlation techniques, we devote the remainder 

of Chapter 4 to a detailed study of the previous sentence. 

Referring again to equation 4.2.5, we see that ^ (T) xy 

displays a reflection symmetry 

Mxy(T> = Hyx('T) 4-2'6 

That is, it doesn't matter whether we correlate [X] with 

{Y} or {Y} with (x); we 9et same correlogram with 

the time scale reflected about the time origin. For our 

purposes, we will always treat p^ as real and single¬ 

valued (although in general complex values are allowed), and 

it may be either positive or negative. The absolute value of 

the cross-correlogram is bounded 

lpxy(T)!
2 ^ px(0)p^(0) 4.2.7 

1^Xy(T)| £ itMx(0) + py(on 

where p (0) is the auto-covariance of fX] with itself 
X 
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at the zero lag position. That is 

px(0) = E{(x - T7x)2} = ax2 4.2.8 

So we may write 

4.2.9 

and the cross-correlogram is normalized by dividing by the 

product of the square root of the zero-lag auto-covariance 

coefficient of fX} and (Y) . (Compare this result with 

equation 4.2.2). 

The digital approximation to equation 4.2.1(b) was 

used in this experiment to actually form an unbiased estimate 

of the cross-correlograms. 

N is the maximum number of samples in the time interval Tr; 

r is the sample index and gt is the sample interval in 

milliseconds. 

N 

4.2.10 

T «= Ngt 
R 

T - r6 t 4.2.11 

In many instances (see Figure 17 for example), a very 

low amplitude, low frequency component was present in the 
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time interval T . We have assumed that this "noise” is 
R 

not an acoustic wave of very low frequency and amplitude; 

it is simply treated as random noise. This decision was 

not made prejudicially; we plan to study this data again 

in the future to extract any meaningful low frequency in¬ 

formation. At any rate, this low frequency "noise” severely 

distorts the cross-correlograms, and should be extracted from 

the time series prior to correlation with digital filtering. 

We have intentionally avoided references to the 

calculation of power spectral densities because they were 

not needed for this experiment, but we point out that, 

when forming power spectral densities from'a time series {X} , 

the expected value 77 must be subtracted from the random 

variable X prior to power spectral density analysis. Any 

low frequency noise or linear trends in [X] must also be 

extracted from the data or else the power spectral density 

function will exhibit a theoretical infinity at zero 

and very low frequencies (Bendat and Piersol,1966). 

This low frequency or linear trending problem may 

be handled as follows: If two time series [X] and fY] 

are represented as 

T
R 

X1 (t) = X (t) +77 + a (t - ) 
X X 4 

0 <; t <; T 
ip R 

Y' (t) = Y(t) + T7y + ay 
(t " “f) 

4.2.12 
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where r}^ is the expected value of fjL} ; X(t) and Y(t) are 

the time series X'(t) and Y'(t) with zero mean and no linear 

trends or low frequencies; and is the average slope in 

the time window T , then 
R 1 N-r 

|Jxy(r8t^ (N-r XnYn+r ^-^x^y"*2 ^xay-7?ya'x^ 12 ax ay* y r 

where 

Xr = N2 (61)2[ 1 - 2(|) - 2(|)2] 4.2.13 

(Bendat and Piersol, 1966) 

and r = 0,1,2,   m with m equal to the maximum number 

of lag positions computed for the time series of length T . 
R 

A considerable amount of computation is required to 

subtract these low frequencies, almost linear trends from 

the data, and, consequently, equation 4.2.10 for |i was 
xy 

used. This is why we see cross-correlograms like those 

presented in Figure 20. 

The maximum in the cross-correlogram does not often 

occur at the zero-lag position; consequently, cross-power 

spectral density measurements may be biased and severely 

harmonically distorted. Therefore, prior.to making these 

measurements, the data fix} and {Y} should be translated 

in time so the peak occurs in the zero-lag position. 

(Bendat and Piersol ,1966) . 

In order to examine some fundamental properties of 

cross-correlograms, we examine the time reversal of a signal. 
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Figure 20s A cross-correlogram in which a low 
frequency component of about 2.5 hz is present, 
Fotice that it is impossible to choose the correct 
correlation peak because of the positive bias 
introduced by the 2.5 hz component. 
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If our time series is {X(t)} , that is, we start time running 

from the end of the signal to the beginning - a reflection 

of the signal about the initial time origin. The cross¬ 

covariance becomes 

T T 
u (T) = | J X(t)Y(t+r)dt = | J X(t-T)Y(t)dt 4.2.14 

y o o 
or 

1 T 

|J (T ) = ~ J X[-(T-t)]Y(t)dt 4.2.15 
y o 

and we see that the cross-covariance of a signal (X(t)} 

with fY(t)}is identical to the convolution of fY(t)}with 

the time reversal of fX(t)} 

1 T 

<Pxv(r) = ^ J Y (t )'x (r-t)dt 4.2.16 
^ ' o 

Notice that convolutions are: 

(a) Commutative X * Y = Y * X 

(b) Associative (X * B) * C = X" * (B * c) 

(c) Distributive X * (Y + Z) = X * Y + X * Z. 

This concludes our discussion of the theory of correlation 

analysis. The interpretation of the cross-correlograms from 

thunder will entertain us throughout the remainder of 

Chapter 4. The above properties of correlations are used in 

examining the correlation structure of thunder. 
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4.3 Thunder Cross-Correlograms - Calibration 

In order to calibrate our correlation algorithm, we 

correlated calibrated +1.0 volt sine waves of various 

frequencies. A sine wave was input to all three microphone 

channels simultaneously, and these channels were then corre¬ 

lated with each other. Since the signals were in phase on 

each microphone, we, in effect, calculated auto-correlations 

instead of cross-correlations. Their theory is covered in 

section 4.2; simply replace X(t) with Y(t) . 

Figure 21 illustrates this response of sinusoids to 

our correlation algorithm. All time scales are identical. 

In Figures 21(a), 21(b) and 21(c) we see the auto-correlograms 

of 4.5 hz, 20 hz and 50/100 hz mixed sinusoids. Notice that 

all the functions are symmetric about the zero lag position. 

The frequencies chosen are characteristic of the thunder 

data taken in Tucson 1970. These correlations are excellent 

in all but one respect. Each function shows peak amplitude 

at the maximum lag position, when the peaks, if present at 

all, should occur at the zero lag position. That is, if a 

sine wave is auto-correlated, there should be no peak; 

the result should be a sine wave of constant amplitude and 

frequency. Any sinusoidal mixture should yield a symmetric 

autocorrelation with a well-defined peak at the zero lag 
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position. However, due to the finite length of the signal 

being correlated, and effects tend to make the correlation 

coefficients calculated for large lag values unstable. 

Stability is only achieved for a signal of N samples and 

m correlation time lags when N » m (Bendat and Piersol,1966). 

That is, we may remove the instability from the data by step¬ 

ping [x]through {Y} n times without computing correlation 

coefficients, until the number of time lags remaining is 

less than N, the number of points to be correlated. The 

results of this procedure may be seen in Figure 21(d). Now 

the peak occurs at the zero lag position, as it should. 

With N = 1000 and m = 600, we are stretching a point 

to say N » m, but our choice of correlation parameters is 

governed by more- than statistical considerations. 

Since the microphones are 100 m apart, the maximum 

possible time lag is 294 ms for a sound speed of 340 m/sec. 

It is not wise to choose m such that m §t becomes less than 

300 ms, because it is then possible to overlook energy with¬ 

in the time window T = N 6t which correlates across the 
R 

array as an acoustic wave. 

If it is possible to predict that a particular time 

delay is present in the data, we lag one of the signals, 

say {X} /by that time lag and then correlate. This centers 

the correlation peak at the zero lag position, removing it 
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from any unstable end effects. We use this technique often 

to improve or more highly resolve the time delay of the 

correlation peak. The correlation A in Figure 19 is an 

example of this technique. Notice the correlation peak 

occurs at a time lag of -9 ms. When the addend lag of +282 ms 

is added, the correct time delay of Ml with respect to M2 is 

+273 ms. 

4.4 Thunder Cross-Correlograms - Variability 

The most important criterion for choosing very short 

correlation windows is the degree of variability present in 

each microphone channel. Throughout this paper we define 

variability as the quality of being non-stationary; that is, 

variable data is non-stationary data. The arrival times of 

groups of wave packets show characteristic delay times, 

between each packet. If ^ , that is, the wave packets 

arrive in equally spaced time intervals, then we may say 

that the data is spatially invariant and a cross-correlation 

of data of this sort on Ml with similar data on M2 will pro¬ 

duce a good quality correlogram. However, this is not 

generally true if a large window T is chosen. This is 
R 

because we then allow for the arrival of sound from different 

geometrically positioned sources on the lightning channel, 

and, in general, ^ T
0 

= constant. Therefore, when this 
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variability is not extracted from the data, correlograms 

will have many correlation peaks and their interpretation 

may be ambiguous. An adjustment of the time-window length 

will usually be sufficient to extract this variability from 

the data; hereafter data which may be corrected in this 

manner will be said to contain TYPE A VARIABILITY. 

TYPE A VARIABILITY may be seen in Figure 22, and the 

correlation structure is seen to follow from Section 4.2. 

if S (Ml) 

and S (M2) = 

where S_^ and are wave packets of time width T «TR, then 

^XX(T) = E((Sl + s2)(Sl + s2n 

or 

^XX
(t) = [^ll(0)+|J22(0)]+ti12(To)+^21("To) 4-4*1 

where T0is the time delay between the two packets and S2* 

Notice three peaks are predicted and are seen to occur in 

Figure 23 . 

There is no proper choice of T^ to totally solve this 

ambiguity. T is a pawn of the particular thunderstorm being 

recorded and may only be judiciously chosen after a careful 

t < t 

t > t 

t < t 

t > t 
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CH 3 LAGS CH 2 BY 3 MS FILE 86 LENGTH » 256 NS 

NORN. FACTOR « 683. UU DATA 0 RECS FROM 639 
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Figure 23 . The Effects of TYPE A VARIABILITY on the thunder 
Cross-Correlograms. 
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examination of the data. 

TYPE B VARIABILITY is most sensitive to time window 

placement. Referring to Figure 24 time window #14-A, we 

see one wave packet (a bundle of wavelets whose length is 

much shorter than T ) of high amplitude with a half-width 

of about 10 ms occurring at time TQ on channel 1. This 

wave packet is seen at (T - T) on channel number 2 and it 
o 

is missing from T on channel number 3. However, channel 3 
R 

has a wave packet of high amplitude and half width 30 ms 

present at T . This wave packet is known from other con¬ 

siderations to have nothing to do with the wave packets at 

T and (T - T) . Consequently, when the correlations u. and 
o o 13 

P23are formed and used in conjunction with |j^2'erroneous results 

in the time lags follow, and the reconstruction process fails 

to reconstruct nature, even though the thunder data is excel¬ 

lent. This unhappy circumstance may be avoided by a careful 

choice of initial record lengths and start times from a study 

of the raw data. For instance, while window 14-A (Figure 24) 

produced a confusing set of correlations (Figure 26), window 

1-B (Figure 24) produced excellent results (Figure 27) because 

the data in the time windows is invariant with respect to 

each channel. 

The success or failure of acoustic lightning reconstruc¬ 

tion depends on how effectively type B variability is removed. 
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That is, when window lengths and placements are properly 

chosen, assuming no TYPE C VARIABILITY is present, a 

large number of sets of space coordinates are generated with 

a high degree of precision. (The error in location of a 

correlation peak is + 1 ms, simply twice the sample interval). 

However, there is no a^ priori way to determine the correct 

time windows and window placements; the time data must be 

carefully examined, either visually on an expanded time 

scale as with the Tucson 1970 data or by analog or digital 

correlator where window length and scale changes are possible. 

By following these tactics, we are actually examining the 

thunder signal in detail and any time windows finally chosen, 

that yield good correlations, closely approximate, in scale, 

the size of the small sub-sources whose sum forms the lightning 

channel. The technique of choosing one window size character¬ 

istic of the thunderstorm under consideration, and stepping 

this window through the data in T increments, calculating 

cross-correlograms at each window position (Few,1968), 

(Few,1970), in a quite artificial sense reproduces nature and, 

in fact, produces few usable correlations compared to the 

number of correlograms generated. Even when the more exact 

technique is used, only 60% of the correlations are usable. 

This figure must be weighted even lower when we take TYPE C 

VARIABILITY into account. 
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CH 3 LAGS CH 2 BY 200 MS 

NORM. FRCTOR = 452.08 

FILE 86 LENGTH = 512 MS 

DRTR 16 RECS FROM 654 

CH 3 LOGS CH 1 BY 142 MS 

NORM. FACTOR = 554.76 

FILE B6 LENGTH = 512 M5 

DRTR 16 RECS FROM 654 

CH 2 LAGS CH 1 BY -59 MS 

NORM. FACTOR = 762.24 

FILE 86 LENGTH = 512 MS 

dflTfl 16 RECS FROM 654 

CORRELATION I2A FILE 3-2 0086 

Figure 25(a) 
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CH 3 LAGS CH 2 BY 190 MS FILE B6 LENGTH = 512 MS 

NORM. FACTOR = 626.62 DATA IB REC5 FROM 6511 

CH 3 LAGS CH 1 BY 116 MS FILE B6 LENGTH = 512 MS 

NORM. FACTOR = 583.27 DATA IB RECS FROM 6511 

CH 2 LAGS CH 1 BY-13 MS FILE BB LENGTH = 512 MS 

NORM. FACTOR = BIO.SB DATA IB RECS FROM 654 

CORRELATION I3A FILE 3-20086 

Figure 25(b) 
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Figure 26. The Effects of Type B Variability on the Thunder 
Cross-Correlograms. Correlation 14A, File 3-20086. 
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TYPE C VARIABILITY is not easily removed by adjusting 

correlation window lengths and locations. This type of 

variability involves the coherence of the wave as it 

propogates across the array. (1) Turbulence. As a plane 

wave crosses the array, local turbulence may distort the 

wave, resulting in signals recorded at M_^ and M. having 

different frequency and amplitude structures (Appendix 

Figure Bl) . If this is the case, then the correlograms 

show no well-defined peaks. If this type of signal distortion 

is anticipated, then it may be handled by adjusting the 

characteristic array dimension to be smaller than the 

characteristic size of a turbulent cell. Remillard (1960) 

reports this size is on the order of 6 meters. The array 

dimension has a lower limit, however, because the accuracy 

with which transit times may be measured decreases with 

decreasing array size. We have found the array dimensions 

30 m « d « 100m to be adequate (Few, 1970) . 100m seems 

to be an upper limit in order for wave fronts passing the 

array to look like plane waves to the array (Teer and Few, 

1971) . 

(2) Spatial extent of lightning source. Since lightning 

may be thought of as a geometrically distributed line source 

of thunder and may extend over several kilometers, the 

acoustic signal actually recorded is a complicated 
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superposition of all the sound from all parts of the 

channel. Consequently, much constructive and destructive 

interference is observed. This leads to a marked lack of 

coherence in the signals recorded at M. and M , and is 
1 j 

regarded as Type C Variability illustrated in Figure 28 

with the resulting correlogram in Figure 29. In Chapter 5 

we show that, with the geometry used in the 1970 Tucson 

experiment, there is a relation among the three computed 

time lags, T^' T^' an<3 T 

23 That is, 

T13 " T12 T23 4.4.2 

This relationship must identically hold, and therefore, it 

provides us with the ability to decide whether the three T^j 

have been correctly determined. Notice in Figure 29 that 

T-, and T,,are well-defined, but there are several T peaks. 

Assuming equation 4.4.2 is correct, T^1™18*- 122 ms. We 

see that there is no r-^peak at 122 ms (Figure 29), and, 

rather than assuming the relationship is incorrect, we 

notice in the raw time data (Figure 28), the trouble. It 

is visually obvious that Ml and M3 should be correlatable, 

while Ml, in the vicinity of interest, is not visually 

coherent with M2 due to destructive interference. 
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This type of interference may be controlled if: 

(1) Only two summed signals are producing the interference. 

(2) The two adding signals are widely divergent in amplitude 

(3) The two adding acoustic signals are widely divergent in 

frequency content (see Figure 30). The low frequency event 

in window C-14(2) seems, at first glance, to be wind noise, 

but when the correlation set C-14(2) (Figure 30), is examined, 

we find that there are not one, but two acoustic waves that 

have propagated across the array. We identify the peaks with 

acoustic waves because each of three peaks fits the relation 

4.4.2 and the time delays are characteristic of propagation 

velocities on the order of 340 m/sec. However, if the signal 

amplitudes are similar and overlapping, or if more than two 

signals are present, the correlograms are highly periodic 

with no well-defined correlation peaks. 

(3) Superposition of Thunder from Sources Occurring 

at Different Times. Another phenomenon responsible for 

Type C Variability is interference effects caused by the 

overlap of the thunder produced by two different lightning 

channels displaced in time. An example of this case is seen 

in File 3-20086 (Figure 36). One event occurs at some time 

and several seconds later another event occurs. The thunder 

from this second event adds to the signal from event 1 pro¬ 

ducing interference effects. This case is more easily 



Figure 30. 
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handled once identified, because each of the two sets are 

usually widely different owing to the different source 

locations, i.e. a trend in ther^j usually becomes apparent 

and may help pin down a questionable correlation. 

(4) Extended Time Sources. The final phenomenon 

responsible for Type C Variability is subject for further 

research. The assumption that thunder is produced by an 

extended line source which is a §-function in time is 

incorrect. Uman (1969) reports that, on the average, 

there are 3-4 strokes per lightning flash and as many as 

26 strokes/flash have been observed. This means that the 

majority of strokes occur within these limits. While the 

average duration of a stroke is 50 - 70 |jsec, the average 

time between strokes is 40 ms with a maximum average time 

of 100 ms and a minimum time of 3 ms. Each stroke may be 

represented by f(r) 6 (t - t ), but the entire flash, of 
o 

duration 200 ms - 300 ms, is poorly modeled by 6 (t - t ) 

because each individual stroke is a source for audible thunder 

This phenomenon is seen to occur in Figure 31. This 

C-type Variability is difficult to handle at this point, 

because the average time window used is much larger than the 

average delay between lightning strokes. This type of inter¬ 

ference is identifiable near the first arrivals of thunder 

from a lightning flash. It is probable that the interference 



Figure 31. FILE I0B0085 TYPE C VARIABILITY 
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caused by extended time sources is sometimes confused with 

interference caused by extended line sources. 

There is no clear-cut way to extract these inter¬ 

ference effects from the data, but it is obvious that one 

must try to identify the source of the interference as an 

initial step in acoustic profiling. When the particular 

type of interference is identified, then experiment with 

the correlation parameters may help produce correlations 

that can be correctly interpreted. 

It can be shown (Nodtvedt,1951)? (Few,1969) that the 

sensitivity of the correlation function is strongly depen¬ 

dent on the width of the power spectrum of the incoming 

signal. Specifically, in order to have a well-defined peak 

in the cross-correlogram, it is necessary to have 

-1 
a . . « cos ( ——- 
ID d(BW) ) 0° <; a . . £ 90° 

ID 

4.4.3 

2 
where BW is the bandwidth of |P(uu)| , the power spectral 

density in the signal being correlated. When this condition 

is not met, there is no well-defined peak and the correlation 

function oscillates rapidly. 

This condition on a^may be thought of schematically 

in terms of a sensitivity pattern for the dipole formed by 

M, and M . Condition 4.4.3 predicts that for a bandwidth 
1 j 

of 10 hz in the signal being correlated (a ) = 70 . 
i j max 
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Correlation C-17(9), File 11B0084 (Figure 29) indicates 

an azimuth of N70 E. From Figure 32 we see that a._ = 50° 
JL £ 

and T^2 is predicted to have a well-defined peak, as it 

does (Figure 29) . a13 = 10 °; therefore, T^3 should be good, 

as it is. Buta23 = 70°,and this is so near the cut-off 

angle that T23^s Pre<iicted to oscillate as we see that it 

does from Figure 29. 

These oscillations act to limit the usefulness of the 

correlograms because one degree of redundancy is removed if 

one of the correlations is poor. 
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CHAPTER 5 

LIGHTNING CHANNEL RECONSTRUCTION 

5.1 Introduction 

Let us assume that we have conducted a field experiment 

as outlined in the preceding chapters and we have calculated 

a set of time lags for each thunder event recorded. We now 

show how these time lags are used to reconstruct lightning 

channels. 

There are two major steps involved: (1) Calculate the 

wave vector incident at the array, assuming local conditions 

for temperature, turbulence and wind speed.and direction; 

(2) Assume or measure a model atmosphere and propagate the 

incident wave vector back through this chosen atmosphere to 

the source of the incident sound. There are two major sources 

of error that must be examined, the initial atmospheric con¬ 

ditions at the array and the atmospheric conditions between 

the source and the lightning channel. We show that the error 

introduced by a poor choice of local conditions is far more 

serious than errors in the medium between observer and source. 

However, we are usually able to measure local atmospheric para¬ 

meters such as wind speed and direction and temperature quite 

accurately at the surface, and, consequently, the reconstruction 

process highly resolves the source point locations. 
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5.2 Calculating the Initial Wave Vector 

A small section of the lightning channel of scale 

size about 50 meters (Uman,1969), hereafter called a sub¬ 

source, is responsible for the generation of a wave packet 

of acoustic energy which propagates through the atmosphere 

to the array vicinity. We are concerned here with the mo¬ 

tion of this wave packet across the array. The actual 

formulae for the generation of azimuth and declination of 

the arriving sound are, of course, dependent on the array 

geometry, but the following method, taken from Few (1970), 

may be applied to any geometry. 

Assume the direction of propagation of a wave front 

is represented by V ^ , the phase velocity of the wave, 

oriented in the same direction as a ray path normal to the 

wave front. Figure 32 illustrates the array geometry used in 

the Tucson 1970 experiment. The labels 1, 2 and 3 refer to 

icrophones 1, 2 and 3 . Vpj^Ls the arriving phase velocity m 

vector and are unit vectors directed from microphone i 

to microphone j, where +—23 = —13* aij are the 

direction cosines of r. .with respect to V . . That is, —ij —ph 

is the angle that yields the projection of onto V ^ 

P,_ = PROJECTION of r._ onto V , 
12 —12 —ph 

P12 = D12COSa12 



Vph = vh + V. ^ Pn /v n i 
DIRECTIONS ARE WITH RESPECT TO 
MAGNETIC NORTH 

Figure 32. The Tucson 1970 Experimental Array Geometry. 
1,2 and 3 represent microphone locations. 
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T . . is the time required to travel a distance D cosn ; . 

Since may be 0°«a^j« 360° , these times may be signed 

both positive and negative, and are defined as the time lags 

of the acoustic wave in traveling from microphone i to 

microphone j. i.e. from the geometry in Figure 32, we 

see that the signal from M3 lags the signal from Ml by 

D cosa -JJ seconds. We say "M3 lags Ml by xxx milliseconds" . 

More explicitly 

or 

P . 
ij ■^ph I T i j 

D, cos a 
13 ij 

cos a 
13 13 

a±L 
D. . 
13 

5.2.1 

Now let us reference these direction cosines to an 

azimuth/declination system of coordinates. The azimuth of 

a point will be defined with respect to True North and will 

be read as a compass bearing such as N90°E. The declination 

will be referenced to the equatorial plane, the plane normal 

to the zenith direction. 

Again, examining Figure 32* 

2ph 
v. h + V z 5.2.2 
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and, writing the components of along the _r^ direction: 

V = V cos (angle between h and r ) 
12 h 

V = V cos (<p‘ +30 ) 
12 h 

but tp' = 270 - <p 

Therefore V = V cos (270 -<p + 30) 
12 h 

V = V sin (30 - <p ) 
12 h 

V = V (sin 30 cos<p - cos 30 sinp ) 
12 h 

5.2.3 

In the same way 

V = -v (sin 30 cos<p + cos 3 0 sin<o ) 
13 h 

5.2,4 

V = -V cos <p 
23 h 

5.2.5 

Adding 5.2.3 and 5.2.4: 

V + V = -2V cos 30 sinp 
12 13 h 

5.2.6 

Subtracting 5.2.3 from 5.2.4: 

V - V 
13 12 

Dividing 5.2.6 by 5.2.7: 

■2V sin 30 cosp 
h 

5.2.7 

V.- + V „ 
13 12 

V - V 
13 12 

= cot 30 tan<p = J3 tan<p 5.2.8 
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and <p = tan 
-1 V13 + V12 

V3(V13 - V12) 

But when we reverse the direction of V „ , then 
-ph 

tan<p = tan (6 + 180) = tan5 

and, finally: 

_ 

V13 ~ V12 
cot6 = + V-^2 

From Figure 32 notice that 

V, = V , sine 
h —ph 

So 

Where 

0' = sin--*- V1 

l^h 

Vh2 = (V13 - V12>2 + 1/3(V13 + V12> 

5 

5 

And s in 0' =' 
jv 13 - V12)2 + 1/3(V13 + 

'V 

Therefore from 5.2.1: 

,V 

inflt = I-JB211 
D 

sine / . 2 1 rt% 
( t13 " t12 + J^t13 + T

12M 
5 

And, reversing the direction of the incoming wave, we see 

that 0=0'. So our final result is 

t13 t12 
cot° = VJ Z T 
A t13 t12 

>t6_ = V3 

iV 

iin9, = {J&] fi 
D L ̂13 T12^ + 3 ^13 + T12^ 

2 I *2 

.2.10 

.2.11 

.2.12 

.2.13 

.2.14 

.2.15 

.2.16 

5.2.17 
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Notice that if we work with equations 5.2.3, 5.2.4 and 5.2.5, 

then we may independently deriveQ and 6 in terms of ( # T^2) 

(T13, T23) and (T12, T23) where 

T13 " t12 = T23 5.2. 

This three-fold redundancy in deriving (0,6) is extremely 

important as extra checks on the reconstruction procedure 

because T^2, and T22 are each independently determined 

quantities. This relationship is often used to verify 

questionable cross correlations as discussed in Chapter 4. 

So, we have three methods of determining (0,6). we 

label the three methods A, B and C, and we only present the 

derivation of the A method; the B and C formulae are shown 

and they follow the derivation of the A method exactly. 

cot 6 = 
T 
23 

B 
2 T + T 12 23 

5.2.19 

cot6c = JT 
T 
23 

2T 
13 

T 
23 

13 
T T Notice if T 
12 23 

is substituted into any of the 
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above formulae, then the others are immediately obtained. 

In Figure 32 we see that the array is oriented with 

respect to magnetic North. Several months after the field 

experiment was conducted, we determined that the photographic 

survey points were done with coordinates relative to true 

North. Therefore, an adjustment to 6 was necessary. Figure 

33 indicates the geometry of the changes, where y is the 

average magnetic declination correction (+ 13°) taken from 

1963 Tucson Magnetic Observatory magnetograms. 

From Figure 33, y + 6' = 6, 

So cot6 = cot(6' - y). Consequently 

5' = y + cot"1 J3 Y 131 v r1-- 5.2.20 
13 + 12 

and we see that the azimuthal correction is simply additive. 

The azimuth 61 does not depend on wind conditions or 

sound speed; it is a function of the time lags T^, and is 

defined as the azimuth of the phase velocity vector. The 

declination 0, strongly dependent on the phase velocity, 

gives the declination of the phase velocity vector from the 

local zenith. 

5.3. Winds and Atmospheric Parameters 

The phase velocity of an acoustic wave is a function 



TRUE NORTH MAGNETIC NORTH 

WEST 

Figure 33. The azimuth of a reconstructed sub-source point 
must be shifted by D degrees, the magnetic declination in 
Tucson, Arizona. 
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of temperature, humidity and wind speed and direction, 

(Fleagle, 1949) • "When a sound wave passes through air, the 

oscillation period is short compared to the time it takes 

for heat to be exchanged with the surrounding air (Reif, 1965). 

Consequently, the process is adiabatic and the sound speed 

is simply a function of temperature, assuming the equation 

of state for an ideal gas. 

c2=^ 5.3. 
M 

Where y = dry adiabatic gas constant = 1.402 

-23 o -1 
k = Boltzmann constant = 1.38 x 10 J K 

M = Mean harmonic ma^s = 28.96. AMU 

T = Temperature in °K 

For air at 20°C = 293°K, c = 344 m/sec and any other sound 

speed may then be derived from equation 5.3.1. 

The adiabatic gas constant, y, is a slowly varying 

function of the amount of water vapor in the air. Haltiner 

and Martin (1957) give the specific heats of moist air as 

C =0,(1 + 0.8ra) pm pd 

C = C (1 + 0.9m) 
vm vd 

So Y = y M ± -0!■§”). = y j (1 - 0.1m + 0.09m2 + . . .) 
Ym Yd (1 + 0.9m) d 
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and to first order 

Where 

y = y (1.0 - 0.1m) 
m d 

5.3.2 

Y n = 1.402 d 

m = mixing ratio = 
mass of water in the air 

mass of dry air 

For typical Tucson, Arizona conditions: 

T = 3 2 C 

relative humidity = 70% 

barometric pressure = 920 mb 

We find a mixing ratio m of 23.25 gm of I^O/kg of air. It 

is therefore an excellent approximation to neglect any changes 

in sound velocity due to changes in humidity. On the other 

hand, changes in wind parameters cause very detectable 

changes in the propagation path as well as'in the velocity 

of propagation. The reason is simply visible in Figure 34. 

CQ n is the adiabatic phase velocity propagation vector in 

the absence of winds. V is the wind velocity vector and 
w 

V is the resultant phase velocity vector, the vector sum 
ph 

of C n and V . We see that both the magnitude and direction o — —w 

of V , are affected by wind. Although the effect is small, 
-ph 

since V « C , it is nevertheless quite important. The 
wo 

changes in the phase velocity when wind is added may be 

significant enough to change the time delays by several milli¬ 

seconds. For instance, if we assume 

V = -3m/sec n 
—w — 

C = 344m/sec n 
—o — 
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then could change from 291 ms to 293 ms, a net change of 2 ms, 

greater than the experimental error in the determination of 

the time delays. So the change in the time delay due to 

the wind field is significant. Wind fields of much greater 

than 3 m/sec are measured at the surface in the vicinity of 

thunderstorms, (Byers, 1949); (Haltiner and Martin, 1957). 

The simplest way to calculate 6 and 0 of the incident 

wave vector is to assume the phase velocity equals the sound 

speed at the array (i.e♦ no wind). In this case equations 

5.2.17 become 

-1 
6' = y + cot 

/if 

J5 
t13 t12 
t13 + T12 

sine = 

N = (T 13 

D °o 

,21. ,2 
- T, J +T (T, , + T, ~ ) 

5.3.3 

12 13 12 

On the other hand, if a vector wind is present in the 

array vicinity, we must include it in our calculation of the 

initial wave vector. Since we are trying to "map" the source 

lightning channel, we must first extract the effects of the 

wind from the propagation of the acoustic wave. To first 

order, we do this by modifying the above equations. 

It can be shown from Figure 34 that the correction to 

the azimuth for a wind vector at the array site is given by 
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6y = sin -1 
V sin ih 
w r 

5.3 .4 
C + V sin(29' ) 
o w 

where tp is the angle between the wind vector and the hori¬ 

zontal component of the position vector of the particular 

lightning channel sub-source in question, and 01 is the polar 

angle of this position vector. Notice that the no-wind, 

adiabatic sound velocity vector, CQ n, is parallel to this 

position vector. The angle ip was chosen as the angle most 

easily measured in the field. For instance, if we see a 

thunderstorm cell bearing N90°E, and we measure a wind velocity 

at the array bearing N90°E, choosing any value for p yields 

a correction to the azimuth of zero degrees. If we assume 

0i = 90° and tp = 90°, we see that the azimuth correction is 

a maximum and equal to 

5v = sin”^(V ^/C ) 5.3.5 

The correction to the declination is large. If we 

assume a wind directed parallel to the incident wave vector, 

then 
C VN 2V ,/N 

9 A sin (—  +  ) 5.3.6 

It must be remembered that these corrections are angular 

corrections, and, as such, represent quite large absolute 

errors. An error in azimuth of 1° represents a displacement 

of 140 meters at a distance of 5 miles, and the calculation 

of the incident wave vector must take these wind effects into 
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account in order to insure adequate resolution. 

The first arrival of thunder from lightning event 2 

(Correlation A-00 in Table V) at the microphones yielded 

T = 204 ms 

1*^2 = -59 ms 

T 23 = 262 ms 

for the time delays. Using equation 5.3.3 to calculate the 

initial wave vector, assuming no wind, we find 

0O = 69.5° 

6 =30.7°. 
o 

Assuming a wind of 7 m/sec from the East and using equations 

5.3.4 and 5.3.6, the corrections to 6 and 0 becomes 

60 = + 10° 
o 

certainly significant corrections. 

Most of the thunderstorms recorded in Tucson in August 

1970 came out of the East and crossed the array East to West, 

(c.f. Section 1.1). The U. S. Weather Bureau, located at 

Tucson International Airport, reported the sighting of a 

thunderstorm on 03 Aug 70 between the hours of 0156-0526 MST. 

Steady winds from the East and the East-Southeast at 10-16 mph 

were reported, with maximum gusts from the east at 21 mph. 

(See Table III.) The thunderstorm never passed overhead at 
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the Tucson airport, located 15 miles SSW of the array site; 

consequently, the measured parameters in Table III are too 

conservative, and greater surface winds were very likely 

present at the array site. 

A model atmosphere was constructed from the surface 

meteorological data provided by the U. S. Weather Services 

personnel in Tucson (Table III). Since we knew nothing about 

the vertical temperature profile, a constant temperature 

atmosphere characterized by CQ = 343 m/sec was used. The 

wind field was constant in direction, always coming from due 

east, and linearly changing in magnitude, scaling from 7 m/sec 

at the surface to 22.35 m/sec at 10 km. This atmosphere is 

called atmosphere B throughout the paper. 

Atmosphere A parameters were chosen to roughly fit 

Byers' (1953) model of an immature thunderstorm. Atmosphere A 

has mild temperature and wind velocity inversions near the 

surface with constant wind and temperature lapse rates at 

higher altitudes. The two atmospheres are not similar and 

one might expect different propagation effects when using 

these atmospheres. As we see in the following sections, this 

is not the case. The distances over which we propagate an 

acoustic wave are short compared to the distance required 

for significant deviation of the ray path from straight ray 
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propagation. Both these atmospheres are detailed in Table IV. 

5.4 The Reconstructions 

Figure 35 is a photograph of lightning event number 3. 

It occurred at 0334:08 MST. Also visible on the photograph 

are two channels coming from another thunderstorm cell about 

8 miles farther away from the cell responsible for event 3. 

One of these two far events occurred at 0333:45 MST, 23 seconds 

earlier than event 3. The thunder from event 3, together 

with the electric field change corresponding to event 3, is 

presented in Figure 36a. The time from lightning onset to 

thunder first arrival is 8.090 seconds, or,.roughly, about 

1.7 miles distant. Four seconds later another electric field 

event occurred, and the thunder corresponding to this event 

is clearly visible, booming through in the acoustic traces some 

8.255 seconds after its initiation. This is a clear example 

of the superposition of sound from two sources removed from 

each other in both space and time. Figure 36(b) presents 

two correlations, 5A and 6A, from the thunder in Figure 36(a). 

These correlations are excellent. 

Figure 37 is the acoustic profile of lightning photo¬ 

graph 3. The area enclosed by the dotted line is a reproduction 

of Figure 35, the lightning photograph. Points designated by 
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Figure 36(a). The thunder corresponding to lightning photo¬ 
graph 3 . 
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small circles represent the reconstructed source points. 

Although the acoustic signal represents the superposition 

of two or more source signals, the reconstruction process 

was able to resolve the different sources. When Figure 37 

was made, we did not believe that we would be able to re¬ 

construct the lightning channels occurring at 0333:45 MST on 

photograph 3, and, consequently, these channels are not 

plotted on Figure 37. However, it is clear from Figure 36 

and Figure 37 that the few acoustic points at 1033:45 GMT 

are modeling these far away channels. 

Such an obvious superposition of events allows us to 

evaluate the usefulness of the technique. _ Notice, in comparing 

the two main acoustic profiles, that regions of high data 

point density on one channel correspond to regions of very 

low data point density on the other channel. This is to be 

expected, because the calculation of the time delays with 

the cross-correlation analysis depends strongly on high ampli¬ 

tude, coherent signals, and the event predominating the signal 

at any given time will be the event that correlates. This is 

the main reason that we expected to receive no appreciable 

signal from the two far away channels; our system gains were 

set to record the much higher signal levels from the nearby 

events coming from the thunderstorm cell 1% miles away. 
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The acoustic profiles are elevated about 20° above the 

horizon. This is to be expected because the atmosphere 

chosen for the reconstruction process was the initial "first 

look" atmosphere a constant sound speed, no wind atmosphere. 

As we see in the following sections, when a more realistic 

atmosphere is chosen, the data points slide smoothly down 

and overlay the trace defining the lightning channel. 

Figures 38 and 39 show lightning event 2 at 1034:48 GMT, 

with the corresponding electric field event and following 

thunder. The time from lightning onset to thunder first 

arrival is 7.280 seconds, or, roughly, 1% miles distant. 

Lightning channel 2 is from the same cell responsible for 

lightning event 3 and occurred 40 seconds after event 3. 

(Note the seemingly backward numbering scheme for lightning 

flashes; event 3 occurs prior to event 2 and so on.) The 

duration of audible thunder is 17 seconds. There are several 

small electric field events after event 2 which may have 

produced audible thunder superimposed on event 2. This has 

not been verified because the acoustic reconstruction did not 

show other events, and. it has not been adequately demonstrated 

that all observed electric field changes produce thunder. 

Figure 40 is the acoustic profile of lightning channel 2. 

The "first look" atmosphere produced a profile similar to 
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profile 3 in that the lowest and loudest points on the chan- 

o 
nel were about 20 above the horizon. A steady wind of 17 mph 

from the East was then input as the wind field at the array 

site. This wind was adequate to shift the points slightly 

in azimuth and more than 10° in declination to produce the chan¬ 

nel mapping in Figure 40. This wind field was used only to 

calculate the azimuth and declination of the initial wave 

vector at the array site, hereafter called the initial conditions. 

We did not run any other local wind or temperature fields on 

this particular event to determine initial conditions more 

properly, but the trend is clearly demonstrated. The apparent 

source location is strongly affected by the wind field at the 

array location, a parameter that is easily measured. We as¬ 

sumed, in plotting Figure 40, that the propagation atmosphere 

was characterized by a constant adiabatic velocity of 343 m/sec 

and a constant wind field of 7 m/sec from the East. These 

are the initial conditions labeled B in Table IV. For a given 

set of initial conditions, either A or B, Table V presents 

the initial wave vectors at the array site. Notice the great 

deviation in declination for a horizontal wind of 7 m/sec as 

opposed to a no-wind initial condition. The B set of angles 

were used in plotting Figure 40. 

A possible source of confusion involves the identification 
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of the lowest acoustic data points on the channel. (See 

Figures 36 and 38.) It is not clear that these points should 

correspond to actual sub-sources on the lightning channel 

at the point where the channel strikes the ground. This is 

probably not the case. Acoustic scintillation (Tatarski, 1961) 

caused by atmospheric inhomogeneities or physical obstructions 

may affect the propagation in this line-of-sight mode. 

Rayleigh wave coupling and ground absorption (Grant and West, 

1965) certainly affect the propagation of acoustic waves 

near the ground. Refraction of the sound from the base of 

the channel away from the array is possible. It is not obvious 

whether acoustic points reconstructed some.20° above the hori¬ 

zon correspond to points belonging to the base of the lightning 

channel or some point above this base. Therefore, when match¬ 

ing acoustic profiles to lightning photographs, it is a better 

idea to key the acoustic profiles on some visible structure 

in the lightning channel rather than define the first arrival 

of thunder as belonging to the point where the lightning 

channel strikes the ground. 

5.5 Ray-Tracing Through Model Atmospheres 

After a good set of initial conditions are chosen, the 

initial wave vector is propagated through a chosen model 
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atmosphere using a ray-tracing program developed by A. A. Few 

(1968) and modified for running on the Burroughs B-5500 

computer by T. L. Teer and C. Conly. As originally written, 

the program traced ray paths from source to observing point. 

We modified the program to trace from observing point to 

source, defined by integrating through a model atmosphere 

for the number of seconds from lightning onset to thunder 

arrival. 

The program accepts a layered atmosphere with any 

combination of wind and temperature fields including wind 

and temperature gradients and wind shears. The program is 

restricted to only include horizontal wind.s, although vertical 

winds in thunderstorms may be quite strong (Byers * 1949) ; 

(Battan and Theiss , 1970) • 

After many hours of running model atmospheres on the 

acoustic profiles, we believe that the "first look" atmosphere 

is adequate for almost all channel mapping. There is no signi¬ 

ficant change in the propagation path when curved ray propa¬ 

gation is assumed as opposed to straight ray propagation  

the "first look" propagation mode. This is because the 

propagation times are too short for the directionality of a 

wave front to be significantly altered by a slowly changing 

atmosphere in the altitude regions of interest. At first 
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sight, this seems to go against our physical intuition. 

Think of two people separated by 50 meters and standing in 

a strong wind. Their hearing each other is certainly 

strongly affected by the wind. However, the most important 

parameter is not wind magnitude or direction, but the high 

wind shear in the first few meters above the earth's surface. 

We indicate schematically in Figure 41 the effects of 

vertical wind shear on sound propagation. The effects on 

the ray paths are greatly exaggerated for clarity. Near 

the surface of the earth, wind shear is quite strong. That 

is, the wind velocity is zero at the ground, and increases 

quite rapidly in the first few meters. Since typical wind 

shears in the first several meters may be on the order of 

5 meters/sec/meter, it is certainly possible that a six 

foot man shouting in this environment may not be heard at 

a range of 50 meters. 

At higher altitudes, however, the wind shear is not 

nearly as strong as this near-surface effect, and sound 

propagation is not so greatly affected. We intend more work 

in the future to illustrate this point. 

Figure 42 gives the results of propagating acoustic 

profile 2 through the two atmospheres given in Table IV. 

Each data point on the plot has associated with it a travel 
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Wind 
Velocity 

Figure 41. Effects of wind shear in constant temp¬ 
erature atmosphere• 
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time, a time from lightning onset to corresponding thunder. 

The ray-tracing program terminates processing when the run¬ 

ning variable t (Propagation time) equals TQ (travel time). 

In this way we are able to assign distance scales to the 

coordinate axes and we can plot absolute geometric locations 

instead of presenting the data in angular plots. Figure 42, 

therefore, gives two orthogonal views of event 2, a northward 

and an eastward projection. The northward projection shows 

the channels almost overlapping, as expected for a steady 

wind blowing N90°W. These two channels are labeled "Lightning 

Channel A" and "Lightning Channel B". The A and B nomenclature 

references the A and B sets of initial conditions and model 

atmospheres in Table IV. The eastward projection shows 

dramatically the. effects of this steady wind at the array. 

We see, from Table IV, that model atmospheres A and B are 

quite different. One would therefore expect than an acoustic 

profile propagated through each of these atmospheres would 

appear different. However, even though the model atmospheres 

are quite different, the channels are only shifted with respect 

to each other due to the initial conditions the atmospheric 

parameters determined at the array site. 

Figure 42 also illustrates a point used extensively in 

acoustic profiling. The eastward projection is composed 
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of three types of points called "Priority 1, 2 or 3" points. 

These priorities refer to the validity of the particular 

data point concerned. Priority 1 points refer to points 

defined by a perfect set of cross-correlations. That is, 

^12^12^' ^13^13^ and ^23^T23) are well-defined peaks 

and they fit the relation - T ^ = T23 within the experi¬ 

mental error of - 2 ms. Priority 2 data points are points 

with three well-defined correlation peaks, but one or more 

peaks may not have been "picked" by the cross-correlation 

program due to noise or another correlation peak. In this 

case, we read the proper time delay directly from the cross- 

correlogram with a Gerber Variable Scale. .The plot scale is 

such that times may be read with an error of - 2 ms. Priority 

2 is also assigned even though the three correlation peaks 

are properly picked and defined. If the T ^ fail to meet 

the geometric requirement of equation 5.2.18 within the re¬ 

quired - 2 ms precision, then priority 2 is assigned. Common 

sense and experience dictate the priority choice. 

Priority 3 points represent the poorest quality data 

points. If there are only two well-defined correlation peaks 

and if the correlation times are, in general, within the 

same range as priority 1 and 2 points, then we assign priority 

3 to the point and use equation 5.2.18 to give us the third 
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time delay. We also assign priority three to a point defined 

by three correlation peaks whose delay times misfit the con¬ 

necting relation by a wide margin. If we only had priority 

3 points to work with, acoustic profiling would be impossible. 

However, they can be a great help if they seem to enhance or 

back up the outline of an existing channel mapped With 

priority 1 and priority 2 points. 

5.6 Spatial Resolution of the Acoustic Profiles 

The question of resolution is paramount in the minds 

of people concerned with evaluating sound ranging techniques. 

Due to the experimental techniques previously mentioned, we 

measure the time delays, T^j, with a resolution of - 1 ms. 

The array dimension, d, is surveyed with a precision of 0.1%. 

The error in the azimuth of a reconstructed sub-source 

point is given by 

A6 = Ay + sin6 ± — AT 5.6.1 
V 13 + 12 

where N is given by 5.3.3 and Ay is the error in the magnetic 

declination. For Correlation A-00, File 3-20086, 

T = 204 ms 
13 

712 = '59 mS 

6 = 31°, 
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and with Ay = 0.03°, the error in the calculated azimuth 

becomes A6t 0.31°,corresponding to a horizontal displace- 

j, "1* 
ment error of - 28 meters at a range of 5 km, or - 13.9 meters 

at a range of 2560 meters. 

The range error is determined by the length of the cor¬ 

relation window chosen for the particular data point of 

interest. If the window is 500 ms in length, we assume the 

correlatable data in the window is located at the center of 

the window and assign the travel time as the total time from 

the center of the window to the onset of the lightning flash. 

In this case, for example, we see that the error in the travel 

time is - 250 ms. In some cases, the location of the data 

responsible for the correlation is visually obvious. Then 

the uncertainty in the travel time due to the finite window 

size is minimized. 

Error in the travel time also arises from defining the 

onset time of the lightning flash. As mentioned earlier, 

multiple-stroke lightning flashes are the rule rather than 

the exception. We are able to see these multiple flashes in 

the output from our electric field meter, but the correspondence 

between lightning flash and thunder is not obvious. There¬ 

fore, for a lightning flash composed of multiple strokes 

with a total duration of 100 ms, we assign an onset time 
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error of - 50 ms. 

Roughly, the error in the range is given by 

5.6.2 

where E is the %-error in the local sound speed = 0.59%. 
C 

E is the %-error in the total transit time — 4%. 
TT 

Therefore E^ = 4.59% which yields an absolute range error 

+ of - 115 meters at a range of 2560 meters, the range cor¬ 

responding to Correlation A-00, File 3-20086 for a total 

transit time of 7524 ms. 

This range error may be reduced easily by (a) choosing 

smaller correlation windows or (b) by observing where the 

correlatable wave packets within the windows are located. 

Many of the correlations in the Tucson 1970 experiment led 

to range errors of - 50 meters. 

It can be shown that the percent error in the declination, 

ft, is approximately given by 

5.6.3 

E = %-error in the local sound speed * 0.59% 
C 

E^ = %-error in the'array dimension = 0.1% 

AT = resolution in T = 1 ms. 

E e 
tanQ 

e 

where 
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For the correlation mentioned on the previous page, we find 

o 
0 = 69.5 and E. = 3.24% 5.6.4 

0 

and, at a range of 5 km, this error corresponds to a vertical 

displacement error of - 197 meters. At a range of 2560 meters, 

the calculated range for this correlation, this error becomes 

- 100 meters. 

This error is a serious one. It cannot be readily im¬ 

proved because, as is seen from equation 5.5.3, the only way 

to improve the result is to measure or know the local sound 

speed with a very high degree of precision too high a 

resolution to be attainable in practice. Notice that the 

percent error in the declination is a strong function of the 

angle. This severe error is present primarily for angles 

near 90°, but these angles are interesting to us, because 

we almost always have visual lightning data near these 

declinations. 

The only way we may improve our polar angular resolution 

is by matching the visible portion of the channel to a lightning 

photograph. In order to match the acoustic profile to a 

photograph, we must choose channels with observed geometric 

structure to them. If our acoustic profile also exhibits this 

structure, it is possible to get the desired precision in the 

polar angle, at least for the points near the visible structure 
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in the lightning channel. 

The lightning channels are plotted with an accuracy 

of - 5.6' of arc. If an acoustic profile point is adjusted 

to overlay this point and the resulting value of ft is fed 

back into the defining equation for 9, then we have established 

a negative feedback which will converge onto a more accurate 

value of the sound speed than the one used to initially deter¬ 

mine 9. 

5.7 Conclusion 

In conclusion we present the areas of further study 

both to improve the technique and to use the technique in 

understanding thunderstorms. These subjects fall into three 

general headings; (1) Signal analysis techniques; (2) Generation 

of atmospheric parameters; and (3) Probing thunderstorm cells 

to study cloud electrification phenomena. 

We need to refine the technique to the point where we 

may identify and extract Type C Variability from the thunder 

data. This will yield 20% more correlations, where now we 

are only able to use 40% of the generated correlations in 

the channel mapping studies. 

Through the use of negative feedback ray-tracing pro¬ 

grams, we may be able to calculate wind and temperature fields 



between lightning flashes and the observer. 

The usefulness of the technique as a ground-based probe 

to study lightning channel structure inside thunderstorms 

is obvious. Heretofore the interior of thunderstorm cells 

has not often been experimentally accessible for lightning 

studies, even though the most frequently occurring form of 

lightning is the intracloud discharge (Uman# 1969). Studies 

of charge generation and deposition through lightning has been 

severely hampered by inadequate knowledge of the spatial 

extent of lightning flashes (Few/ 1971) ; (Brook/ 1969) ; 

(Remillard / 1960) * 

Common models of the lightning flash assume a vertical 

channel of a length only slightly larger than that of the ob¬ 

served flash. This model is clearly inadequate, as may be 

seen from Figure 42. Only a very small portion of the chan¬ 

nel is seen below cloud base and a large part of the channel is 

horizontal, not vertical. This geometric information should 

be included in any model concerning charge deposition. 

The area of sensitivity of one array of microphones 

may be roughly modeled as a circular area of radius 15 miles. 

This areal sensitivity allows us to record and analyze the 

time development of lightning flashes within thunderstorm 

cells. Therefore, we may make inferences about the filling 



138 

and depletion of charge from regions within the cells. 

Few (1970) reported an acoustic profiling angular 

resolution of i 10%. This error is too large for accurate 

lightning channel mapping, since at ranges of 5-10 km, the 

spatial resolution is too coarse to map channels, although 

large regions of charge may be outlined. We have reduced 

this angular error to less than 3%, and now we can think 

about the detailed mapping of the structure of lightning 

channels. 
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APPENDIX I 

THE PHOTO PROJECTION PROBLEM 

We can plot the lightning events directly from the 

photographs in a plane perpendicular to the look direction 

of the camera; that is, we can present a plot that looks 

exactly like the lightning photograph. The problem we con¬ 

sider here is how do we use the acoustically derived co¬ 

ordinates of the lightning event relative to compass co¬ 

ordinates in a plane perpendicular to the local zenith? 

Smart (1960) presents a similar problem in defining stellar 

coordinates with respect to a telescope look direction. The 

problem may best be presented by means of stereographic pro¬ 

jections as in Figure Al. 

Let (A,D) by the azimuth and declination of the camera 

look direction, and (a , 6 ) be the azimuth and declination o o 

of the survey point with (a, 6) the azimuth and declination 

of a sub-source point on the lightning channel. We know 

as and 6 , the coordinates of the survey point, and we know 

§_ and T? , the scaled distances from the center of the photo- 

graph to the survey point, so we need to calculate A and D, 

the azimuth and declination of the camera look direction 

first. Then with A and D known, we need to calculate § and 



SP = 90-S 
APS = a -A 
AS =<£ 
SAP = 0 

Figure A-l. The Photo-Projection Problem in Stereographi 
Projection. 
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r\, the scaled distances from the look direction, in inches, 

of the sub-source point to be plotted on the photo projection. 

We are able to do this because we now know exactly the co¬ 

ordinates of the survey point, the camera look direction 

and the acoustically derived coordinates of the sub-source 

points. 

Applying the formula 

cos a = cosbcosc + sinbsinccosA 

to triangle APS, we find 

cos0 = sin^sinD + cosScosDcos (a - A). 

Applying the law of sines 

sin (a - A) _ sin9 —  s^-n<-' 
—iiiT0  = sin (9U-5) sin (90-D) 

or sin0sin0 = cos6sin(a - A) 

Applying sinacosB = cosbsinc - sinbcosccosA 

we find our third relation 

sin^cosS = sinScosD - cos5 sinDcos fx - A) 

Dividing A.1.5 by A.1.2, and using the fact that 

7] ’ = r’tan0cosfl 

we derive our first result 

_ Hi _ sinScosD - cosSsinDcos(a - A) 
- r' sinSsinD + cosficosDcos(a - A) 

Using equation 2.8.4 with A.1.3 and A.1.2 

cos6sin(a - A)  

A.1.1 

A.1.2 

§ = r‘ sin&sinD + cosScosDcos (or. - A) 

A. 1.3 

A.1.4 

A.1.5 

A.1.6 

A.1.7 

A.1.8 
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Formulas A.1.7 and A.1.8 enable us to calculate § and V 

when A, D, a and 6 are known. Now we present the formulas 

which give a and 6 in terms of A, D, § and r? . 

g secD 
tan (a - A) = 

17 tanD 

and 
r? + tanD 

tan5 = “* cos fa - A) 
1 - VtanD 

A.1.9 

A.1.10 

It is this pair of equations that may be used in actually 

plotting the lightning channel coordinates. That is, a given 

number of inches measured on the lightning photograph cor¬ 

responds to a particular azimuth and declination of the 

lightning channel sub-source in the sky. However, prior to 

any mapping, we must calculate the azimuth and declination 

of the camera look direction from our survey of identifiable 

points on the local horizon. That is, calculate (A, D) when 

we know (§ , rj, a, 6 ) . 

0 = tan 
1 (J%2 + r?2) A.1.11 

sin (a- A) = ? cos 
cos 

_ sin6 - r?cos5'Cos (a - A) tanD - + cos6cos(a - A) 

A.1.12 

A. 1.13 

When matching an acoustic reconstruction to a photo¬ 

graph, the most natural graphical representation is to present 

the data exactly as a camera would see it. However, after 
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the acoustic data is adjusted so the acoustic reconstruction 

overlays the photograph and a model atmosphere is derived, 

it is no longer necessary to match photographs. Then the 

acoustic reconstruction data may be presented in any con¬ 

venient form. 
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APPENDIX II 

DIGITAL FILTERING 

Many times when analyzing thunder data, we need to 

perform some type of signal shaping or filtering. However, 

since we are interesting in the phase relationships in the 

thunder signals, we should examine carefully any digital 

technique that might affect the phase of our thunder signals. 

Although simple RC wind filters (0hz-5hz filtered 

from the signal) were usually employed during windy conditions, 

the data was still noisy during certain times. Unknown to 

us at the time, a 120 hz frequency component due to full wave 

rectification in the 60 hz power supply was present in all 

the data. This is unfortunate, because both 60 hz and 120 hz 

fall well within the usual amplitude spectrum of thunder. 

However, both these cases may be dramatically improved by 

digitally filtering the thunder data prior to correlation. 

However, before presenting examples of filtering, we 

present a few elementary concepts in filter theory. Let the 

response of a linear system to a unit impulse 6(t) be h(t). 

The Fourier transform of h(t), H(u>) is called the system 

function. 
03 

H(uj) = F[h(t)l = J* h(t)eljU,tdt B.1.1 
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If x^t) is the input signal and yQ(t) is the output signal 

with Fourier transforms X(u>) and Y(uu), it can be shown that 

Y(u)) = X (u)) H (ID ) B.1.2 

and from the convolution theorem, 

yQ(t) = xi(t)*h(t) B.1.3 

(Hsu, 1967). 

Our problem may be stated as follows: We want a filter 

that, when we pass a time signal of mixed frequency and 

phase through the filter, the output signal merely changes 

the frequency response by a predetermined amount and leaves 

the phase response unchanged. That is, we want distortion¬ 

less transmission. In order to design a digital filter that 

meets these characteristics, we want a system response that 

has constant amplitude and a linear phase response. 

This is demonstrated as follows (Hsu, 1967); Suppose 

H(jOJ) = Ke""^a>to. Then the response Y(ju)) to the input X(juu) 

is 

Y(jUJ) = X(jUJ)H(jU)) = KX( j(U) e”-^U,to B.1.4 

and y (t) = Jo 

1 

*
 

L
J
.
 

oo 

= K/2TT J X(jw)e:^t “ fco^dou 
— 00 

B.1.5 

since 
1 

XjL(
t) “ 2TT j1 X(j«,)ejtt,tda, 

-00 

B.1.6 

we see that y (t) = Kx. ■'o 1 (t - tG). B.1.7 
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In general H(juu) = JH (j ID) |e^ ® ^ ^ , and in our example, 

!H (j uo) | = K and 0 (uu) = u)tQ totally linear for distortion¬ 

less transmission through the filter. 

We transform these ideas directly to digital form: 

• . j ©k 
H(ID) H, = H, e k = 0, 1 N-l where we have 

k K1 

N frequency samples. By means of the discrete Fourier trans¬ 

form (DFT), the impulse response function becomes 

N-l j (2TT/N) kn 

h = — V H, e n = 0,1. . . ,N-1 
n N k 

k=0 

and we note that the continuous frequency response of the 

filter fits the discrete response at the proper sampled 

frequencies. 

In general, both and hR are complex, although in 

most cases the desired filter impulse response is real. If 

so, then 

|H | = |H kJ/a real, symmetric sequence 

and 0, = -0 , a real, anti-symmetric sequence, 
k N-k 

Gibbs (1969) showed that if hn is real and symmetric 

(h = h ) and of length N = 2T + 1, then the filter has 
n N-l-n 

linear phase with a filter delay of T seconds. For a filter 

having an odd number of filter points, the impulse response 

function has a peak at the (N-l)/2 sample with a filter delay 
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of T = (N-l)/2 samples, (Rabiner and Schafer, 1971) • 

Dr. T. W. Parks from the Department of Electrical 

Engineering, Rice University, was kind enough to loan us 

an algorithm for calculating our own non-recursive digital 

filters (Parks and McClellan, 1972) . C. Conly wrote the 

necessary convolution program for the SDS-92 computer using 

the filter operators generated by the Hofstetter, Oppenheim 

and Seigel optimization procedure in Dr. Parks' algorithm 

(Rabiner , 1971) . All filters generated by us are symmetric 

and have an odd number of filter points. 

The three filters reported here are as follows: 

(1) XL-30,41, the 41 point low pass filter. The filter passes 

frequencies from DC to 30 hz. The filter bandpass begins 

rolling off at 30 hz and is 40db down at 60 hz. The phase 

response is linear. (2) XL-100,99, the 99 point low-pass 

filter. This has a sharper bandpass and still maintains 

linear phase. The filter begins rolling off at 100 hz and 

is 40 db down at 120 hz. (3) XH-30,199, the 199 point high- 

pass filter. This filter passes only those frequencies greater 

than 30 hz. 

Figures Bl, B2, and B3 demonstrate the effects of these 

three filters on the thunder data. File 43A0080 is a very 

complex thunder event with high level wind noise superimposed 
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on the thunder data. Figure Bl illustrates how the use of the 

XH-30,199 filter extracts the troublesome low frequency 

components from the raw data. Type C variability is present 

in the data and an attempt was made to look only at frequencies 

in the frequency range 30hz-100hz in order to make the three 

traces more coherent. This was done by filtering the data 

twice: first with the XH-30,199 and then with the XL-100,99. 

This creates a third filter with the obvious nomenclature 

XB-30,100. We see the effects of this filtering action on 

File 43A0080 in Figure B2. Notice that the phase lags (time 

delays) are exactly maintained throughout each filtering 

operation. The only difference is a constant filter lag that 

must be extracted from the time scale of the filtered data. 

Figure B3 presents data from File 3-20086 (Figure 36) 

filtered with the XL-30,41 filter. The time delays are main¬ 

tained and the character of the data is visibly enhanced. 

The filtered data from Figure B3 is similar in structure to 

that of Figure B2. This is a very crude way of observing 

that there are very few low frequency components present in 

these two thunder events. 

Figure B4, the cross-correlation of a set of data with 

random low frequency components, illustrates how sensitive 

the correlation algorithm is to DC or low frequency drifts 
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in the data. The filtering process extracts all low frequency 

and DC components from the thunder data, and scales the data 

to a zero mean value a necessary condition for good cor¬ 

relations (c.f. Chapter 4). We again point out that none of 

the above filters distort the phase response of the raw data; 

all phase spectra are linear functions of frequency. 

Since these filters are quite easy to generate and use 

if a large digital computer is available, we recommend their 

usage over the .use of analog filters whenever phase information 

is important. It is difficult to design an analog filter with 

the desired bandpass as well as a linear phase response. In 

the case of thunder data, where the phase structure is so 

important, the best policy is to apply discrete arithmetic 

algorithms (digital filters) to the data in order to preserve 

existing phase structure. 
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Nfc-Vv, 

CH 3 LPG5 CH 2 8> 2S8 H5 

NORM. FACTOR - 295.50 

j. 1 

1  

CH 3 LPG5 CH 1 BY 256 HS 

NORN. FPCTOfl « 183.30 

NORN. FPCTBR - 211.57 

UNFILTERED PRIOR 
TO CORRELATION 

NORN. FfiCTOR » 203.07 

JUMP 1 SKIP 1 WINDOW 0399 

RECS 838 SWf*: 100 

170CT71 RUN B FRAME 00 

FILTER XH - 30, 199 
HI-PASS 30Hz -I KHz 

JUMP 1 SKIP 4 WINDOW 0399 

190CT71 RUN E FRAME 00 
FILTER X H - 30, 199 
HI-PASS 30Hz-1 KHz 

CH 3 LRGS CH 1 B717* K5 FILE 13X0080 LENGTH-512 K5 

JUMP 1 SKIP 4 WINDOW 0399 

260CT71 RUN J FRAME 00 

FILTER XB - 30, 100 
BANDPASS 30Hz-IOOHz 

Figure B4. EFFECTS OF DIGITAL FILTERING FILE 43A0080 
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