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ABSTRACT 

An ultrasound-to-audio converter (UTAC) with 

state-of-the-art Bucket-Brigade storage was designed and 

constructed. The UTAC is a portable, easy to operate, and 

inexpensive device which will diminish the problems of 

recording and interpreting ultrasound in the field. It 

accomplishes this by staring an ultrasound signal from a 

microphone in a solid-state analog audio delay line and then 

playing back the signal at a much slower rate. 

Three computer programs were developed to aid in the 

design of this device. Two of the programs optimize the 

design of unity—gain second—order filter sections by 

selecting the best combinations of five-percent capacitors 

and one-percent resistors. The other program is a general 

circuit analysis program (GNAP) which analyzes the 

steady—state behavior of linear circuits composed of 

resistors, capacitors, inductors, and voltage-controlled 

current sources. 

vi 



CHAPTER 1 

INTRODUCTION 

The ultrasound-to-audio converter (UTAC) described 

herein was designed and built to be a convenient and 

inexpensive signal processing system which will translate 

high -frequency sound into audible sound while preserving the 

wavefarm of the sampled sound. Ultrasound is used by some 

insects and animals for communication and echolocatian and 

usually takes the -form of short pulses of sound. Sound 

frequencies considered as ultrasound range from 20 kHz on, 

but most naturally occuring ultrasound can be observed from 

20 kHz to about 100 kHz.1 Some insects, however, can detect 

2 ultrasound over a frequency range of 20 kHz to 300 kHz. A 

state-of-the-art 4096 stage n-channel M0S Bucket—Brigade 

analog audio delay line which can store 2048 samples at 

sample rates from B kHz to 2 MHz forms the heart of this 

versatile system. 

Study in the field of ultrasonic bio-acoustics is 

relatively new, mainly because of the technical difficulty 

involved in receiving and recording sounds so high in 

frequency.*' Since most useful and meaningful observations 

of natural ultrasonic activity would be conducted in the 

1 



-field, and not in the laboratory, some means of recording 

the ultrasound is important. Recording the sounds would 

free the observer from the burden of analyzing the sound in 

the field and allow him to concentrate on making a quality 

recording. Analysis can later take place in the laboratory 

where other equipment is available and where undivided 

attention can be given to the investigation of the sound. 

The UTAC can also be used in the field for on-the-spot 

identification of certain ultrasound producing insects or 

animals. For example, different species Df bat could be 

identified with the UTAC in the field if the observer knew 

4 what the bat chirps of the species sounded like. The 

converter provides an advantageous alternative to the use of 

heavy, cumbersome, and expensive high-speed tape recorders 

which generally cost $10,000 and weigh 40 lbs. The UTAC, 

however, weighs only 2 lbs and costs under $200 for all the 

associated parts and hardware. 

The UTAC provides considerable advantages over 

previous devices which attempt ultrasound-to—audio 
g 

conversion. Before the UTAC, three other main types of 

converter were made available. The most used type is the 

£> amplitude detector. This type operates much in the same 

way an AM radio detector does: it separates the low 

frequency modulation from the high frequency carrier. When 

operating, a device of this type will produce audible clicks 

and pops in response to ultrasound pulses. Clicks are 
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produced by short pulses of ultrasound and pops are produced 

by longer pulses of ultrasound. Each click or pop 

represents the envelope of the received ultrasound and 

occurs in synchrony with the input signal. Amplitude 

detecting converters provide the user with the pulse rate 

and same idea of the pulse duration, but information of the 

original frequency content of the signal is lost because the 

signal is rectified and averaged. Some converters of this 

type have a tuneable input stage with a calibrated dial, but 

this gives only an approximate indication of the dominant 

signal frequency. If the ultrasound has no modulation and 

hence is a carrier, then this type of converter is 

absolutely useless since no output would be produced from an 

unmodulated carrier. Another type of converter is the 

heterodyne receiver. This kind of converter operates by 

mixing the incoming ultrasound with a signal of adjustable 

frequency. The mixed signals are then filtered so that the 

output consists of the difference between the generated 

signal and the ultrasound. The output signal is audible if 

the generated signal is adjusted properly so that the 

difference signal is in the audible range. With the 

adjustments properly set, the output of such a device is the 

original input signal downconverted to audio. The output 

frequency will vary linearly with the input frequency. This 

kind of converter is most useful for casual monitoring of 

ultrasound which does not rapidly vary in frequency. It is 
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difficult to adjust properly and produces an output 

frequency which is not easily related to the original input 

frequency. When this type of converter is used to detect 

bat chirps, the ouput signal simply sounds like pops and 

clicks because the bat chirps vary in frequency tDD quickly. 

7 
The third type of converter is the digital counter. This 

type produces one output pulse for every N input cycles and 

usually the value of N is 10. Thus, the output frequency is 

one—tenth the input frequency. Since digital counters are 

used, the input signal is amplified until it becomes a 

clipped square waveform. Almost all the amplitude 

information of the input signal is lost in this method. All 

input frequencies except for the dominant one are also lost. 

A converter of this type does not do anything to lengthen 

the received pulses so that if very short pulses of 

ultrasound are received, then the output consists of very 

short pulses. This makes frequency discrimination by ear 

extremely difficult. This type of device provides high gain 

for greater reception range and an output frequency which is 

one-tenth the dominant input frequency. 

Qp»ration 

The UTAC has an input frequency range of 15 kHz to 

SO kHz and produces its scaled output which ranges from 

234 Hz to 1250 Hz- The output frequency range is 

sufficiently small so that a compact cassette or 

microcassette tape recorder could be used to record the 



converted signal. A microcassette recorder accompanied by 

the UTAC Mould provide a very convenient means of recording 

ultrasound in the field. In addition to the recording 

output jack, a headphone output jack with volume control is 

also present for monitoring convenience. 

The UTAC samples and records the input signal for 

2.22 ms and then plays it back in 142 ms. The overall 

effect is a Is64 time base dilations all the waveforms in 

the recorded signal get stretched out, thus lowering the 

signal frequencies and lengthening the duration of the 

signal. An appropriate analogy to the operation of the UTAC 

is a dual speed tape recorder which could record an input 

signal at the fast tape speed and then play back the 

recording at the slow tape speed. The fast tape speed would 

be 64 times the slow tape speed. Thus, all the input 

frequencies would be scaled down by 1:64 and the recorded 

signal duration would be 64 times longer. 

The UTAC provides two modes of operation. The first 

is the non-triggered mode in which the device records the 

input signal for 2.22 ms and plays back the recording for 

142 ms. This simple record-playback sequence is continuously 

repeated. The second mode is the signal—triggered mode in 

which the device remains in the record mode until an input 

signal greater than the pre-set threshold level is detected. 

It then records for an additional 2.22 ms and plays back the 

recording for 142 ms, a process which is continuously 
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repeated. The non-triggered mode is useful for monitoring 

continuous ultrasound or for monitoring signals wherein 

capturing the pulse from its beginning is not important. 

The signal-triggered mode will synchronize the record mode 

with the signal such that the pulse may be recorded from its 

beginning. 

Typical operation of the UTAC in the field is quite 

simple since there are only two user controls. First, the 

trigger-mode switch is set to either non-triggered or 

signal—trigged mode. Second, the combination volume control 

and on/aff switch is rotated to the on position and until a 

comfortable volume level is reached. The trigger—mode 

switch can be changed between the two modes at any time 

during the operation, but switching from one to the other 

causes a momentarily annoying sound. This is the only 

reason for setting the switch before turning on the 

converter. The recording output is separate from the 

headphone output and is not affected by the volume setting. 

The recording output has been designed to be fed into the 

microphone input of a tape recorder and not the auxiliary 

input. 



CHAPTER 2 

CIRCUIT FUNCTION 

The circuit -function Df the UTAC can be divided into 

ten -functional blocks as shown in figure 1. These are the 

input preamp, variable-gain amplifier, 15 kHz high-pass 

•filter, 90 kHz low-pass filter, analog delay line;, 1400 Hz 

low-pass filter, audio amplifier, digital control logic, 

triggering circuit, and power supply. Each part has been 

designed to consume as little power as necessary in order to 

extend battery operation life. CMOS op-amps are employed in 

the variable amplifier, low-pass filters, and triggering 

circuit. CMOS digital logic was used in the control logic 

section. 

The input preamp interfaces the UTAC with almost any 

type Df microphone or transducer. The 1/4 inch stereo input 

jack provides a drain resistor and 12 volt power supply for 

microphones which have an internal FET amplifier. The same 

jack also accomodates inputs which do not require this 

provision. Either low or high impedances can be 

accomodated. The input is capacitively coupled, diode 

protected, and has an input impedance of one mega-ohm. This 

preamp provides a set gain of -56 and an output impedance of 

7 
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ten kilo-ohms. It has a —3 dB frequency response of 5 kHz 

to 200 kHz. The output of this preamp is brought out to an 

RCA type connector so that the preamp may be used 

independantly from the rest of the circuit. 

The variable-gain amplifier provides an adjustable 

gain of 1 to 64. For inputs with signal levels too large 

for the input preamp, this amplifier can be used directly by 

shorting-out the microphone input of the preamp and using 

the preamp output as the input. This capacitively coupled 

input has an impedance of ten kilo-ohms. With the preamp 

gain of —56 and the variable-gain amplifier gain of 1 to 64, 

any input amplification from -56 to -3600 and 1 to 64 can 

be achieved. The input to the variable—gain amplifier is 

not diode protected as is the preamp so care must be taken 

in order to avoid static discharge or unreasonably high 

input bias voltages. 

In order to eliminate low-frequency input signals 

from being processed by the UTAC, a second-order unity-gain 

15 kHz high-pass Butterworth filter is used. This filter is 

necessary because any low-frequency signals entering the 

system would get divided down by 64, thus causing a highly 

undesirable low-frequency flutter at the output. A 15 kHz 

input signal produces an already very low 234 Hz output 

si gnal. 

Since the analog audio delay being used is a 

5ampled-data device, input frequencies must be kept less 
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than the Nyquist frequency which is one-half the sampling 

frequency. The reason is that all input frequency 

components become modulated by the sampling frequency to 

generate the difference between the sampling frequency and 

the input frequencies as well as many other products. The 

result is to "fold" the input about one-half the sampling 

frequency so that frequency components above this point 

reappear an equal distance below it. The 90 kHz low-pass 

filter is a fourth-order Butterworth unity-gain design 

which, along with the input stages, is intended to attenuate 

the input frequencies by at least 60 dB at the one-half 

sampling frequency point in order to reasonably eliminate 

the folded frequency effect and ensure signal integrity. 

This section is in effect an anti-aliasing filter and is 

used to band-limit the incoming analog signal prior to 

sampling; thus minimizing possible distortion terms 

(aliasing noise) which could arise from signal frequencies 

that are too high relative to the sample rate. 

The solid-state serial analog audio delay line that 

is used in the UTAC is the SAD4096 made by EG & G RETICON 

0 Corporation. It is a 4096 bucket n—channel MOS 

Bucket-Brigade Device (BBD) which can store 2048 analog 

samples of an input signal at sample rates from 8 kHz tD 

2 MHz. The operation of this delay line is much like that 

of a clocked FIFO shift register except that instead of a 

binary value being shifted through, an analog voltage level 
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is shifted through. By varying the clock frequency, 

different "record" and "playback" speeds are produced. The 

audio delay line is used mainly to delay signals and not to 

store them for any length of time. The reason for this is 

that Bucket—Brigade devices are designed to continually 

shift—through the analog voltages and there is no provision 

to "refresh" the storage capacitances in the circuit. The 

sampling frequency is 921.6 kHz which is generated by the 

logic section of the UTAC. Half the sampling frequency is 

the Nyquist frequency limit which is 460.8 kHz. The 

attenuation in decibels of a Butterworth low-pass filter is 

gi ven by 

dB = -101og((F/F0)2N +1) 2.1 

and by using 90 kHz for F0, 460.B kHz for F, and letting N 

be 4, we see that the attenuation is -56.74 dB which, when 

combined with the attenuations of the input preamp and 

variable amplifier, produces an overall attenuation greater 

than -60 dB at the Nyquist limit. 

The output of the delay line is only 

stepwise-CDntinuous and clocking "glitches" appear at the 

times of clock transitions. The high frequencies contained 

in the abrupt steps and in the clacking glitches are all 

extraneous and must be filtered out. The 1400 Hz lowpass 

output filter does this. This filter is a unity-gain 

fourth-order Butterworth design which attenuates the 

clacking frequency by 60 dB and also smooths out the 



stepwise—continuous output of the delay line so that all 

extraneous signals are down by at least 60 dB. 

The audio amplifier used in the UTAC is an LM3B6 

made by National Semiconductor. This amplifier has a 

variable gain from 0 to 20 and provides an ouput signal to 

drive headphones or a plug-in speaker. This amplifier has 

been designed to consume as little power as necessary to 

make it compatible with battery operation. 

The digital control logic section performs several 

simple functions in the operation of the UTAC. This section 

contains the master clock generator which produces a 

crystal-control1ed 1.B432 MHz square signal which is used by 

two fourteen-stage ripple-carry counters. One counter is 

used to divide the master clock frequency by 2 and by 128 

which provides the 921.6 kHz record sampling frequency and 

the 14.4 kHz playback clock rate. The other counter is used 

to count up to 204B cycles of either the record or playback 

clock rate in order to determine when the analog delay line 

is full of new data or when it is done dumping its data. 

This counter along with the trigger—logic controls the 

record-playback sequence of the UTAC. 

The triggering circuit consists of three main parts. 

The first part is a precision half-wave rectifier. This 

passes only the positive part of the input waveform so 

triggering will only occur on the positive swing of the 

input signal. The second part is the variable-threshold 
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detector. This compares the output of the half-wave 

rectifier with a set threshold voltage and produces an 

output signal when the threshold is exceeded. The third 

part is the trigger flip-flop. This stores the information 

that a trigger has occured. The information of this 

flip-flop is used to initiate the record cycle depending on 

whether the signal-triggered mode or the non-triggered mode 

is selected. If the non-triggered mode is selected, then 

the trigger information is not needed because the UTAC 

switches from record to playback repeatedly without regard 

to the signal. 

Since the UTAC has been designed to be a portable 

device, it is battery powered. In order to make the circuit 

as insensitive as possible to voltage variations a voltage 

regulator is used in the power supply. The 12 alkaline AA 

size batteries provide 18 volts to the regulator which 

produces an output of 12 volts and is current limited to 

130 ma. The power supply also provides a 7.1 volt reference 

voltage for the threshold detector and the op-amps. The 

battery voltage can drop down to about 15 volts before 

affecting circuit operation. 



CHAPTER 3 

DETAILED CIRCUIT DESCRIPTION 

Two computer programs were written to aid in the 

design of the UTAC. One program is a general network 

analysis program (GNAP) which is used to analyze the 

steady-state behavior of linear circuits composed of 

resistors, capacitors, inductors, and voltage-controlled 

current sources. The BASIC source code listing of GNAP is 

in appendix A. The program simulates the steady-state 

circuit response -for a given input frequency range. The 

printed output of GNAP consists of a table of frequency, 

magnitude, dB magnitude, and phase. The frequency printed 

is the excitation frequency at the input. The ratio of 

output to input is the magnitude. The dB magnitude is 

twenty times the log of the value in the magnitude column. 

The phase is the phase shift of the simulated circuit in 

degrees. The accuracy of the simulation is directly 

dependant on the simulation model used to represent a 

circuit or a component. Transistors and op-amps must be 

modeled with enough complexity so that the models will 

satisfactorily replicate the behavior of the actual 

component. 

14 
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The other program (OPTIM) was written to optimize 

the design of active second-order high—pass and low-pass R-C 

filters. There are actually two OPTIM programs. DPTIML, 

shown in appendix B, optimizes low-pass filters and QPTIMH, 

shown in appendix C, optimizes high-pass filters. The 

filter design procedure and coefficient data are based on 

9 information presented by Huelsman and Allen in 1980. The 

object of these programs is to select from standard 

five-percent tolerance capacitors and one-percent tolerance 

resistors those values which produce a filter that most 

closely fits the desired character!sties. Cutoff frequency 

and quality factor are inputs to the program which produces 

the best choices of resistors and capacitors along with an 

error estimate. The error estimate is the sum of the 

absolute values of the relative errors between the best 

fitting one-percent and five-percent componants and the 

ideal component values. 

The GNAP program was used to verify correct 

operation of the analog portions of the UTAC. The program 

was also used in an iterative design process to modify the 

frequency and gain characteristics of various parts of the 

circuit in which certain component values were changed and 

then analyzed by GNAP, a process which was repeated until 

the desired characteristic was obtained. Appendix D shows 

an example of using QPTIMH to design the 15 kHz high-pass 
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•filter section of the LiTAC and the analysis of this filter 

using GNAP. 

Individual Circuit Baction» 

Figure 2 shows the input preamp which was designed 

to have good gain, wide bandwidth, low current drain, high 

input impedance, and low noise. It was decided that a 

dual-gate MQS-FET would fulfill these requirements. A 

preamp stage was first designed from the manufacturer's 

specifications and then tested with GNAP which verified 

proper operation. When the preamp was bread-board tested, 

the circuit failed to meet any of the desired 

characteristics because the manufacturers's specifications 

did not represent the actual device which was being 

bread-board tested. The preamp was finally designed by an 

empirical method in which three potentiometers were used for 

the drain resistance, source resistance, and bias-gate 

voltage control. The final values arrived at appear in the 

schematic. With these component values the preamp performed 

as desired and provided the correct specifications for the 

particular dual-gate MDS-FET being used. The correct 

numbers were then used in the GNAP program to simulate the 

preamp. GNAP was then used to verify desired operation of 

the preamp with the bypass capacitors added. The simulation 

was still not satisfactory, but an actual bread-board 

version was tested and exhibited all the desired 

characteristics. The probable reason for this discrepancy 
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is that the model employed in the simulation was not 

complete enough. Significant disagreement between SNAP 

simulation and actual bread—board operation occured only -For 

this prearnp section. All other analog sections operated as 

SNAP predicted. The CA3140 op-amp made by RCA was used 

throughout the design of the UTAC because of its outstanding 

characteristics. The GNAP model of this op-amp was 

calculated from the manufacturer's data and is shown in 

figure 3. This model works well to predict the actual 

operation the this Dp-amp as many bread-board tests have 

shown. 

The variable amplifier section shown in figure 4 was 

designed to have a gain of about 64 and a bandwidth wide 

enough to allow for the desired 15 kHz to BO kHz bandwidth 

of the UTAC. A gain of 64 was chosen sd that the combined 

input gain of this amplifier and the preamplifier would be 

about 3500. Other available ultrasound receivers were 

tested and the results showed that a gain of about 3500 is 

satisfactory. The variable amplifier was designed from a 

CA3140 op-amp made by RCA. This op—amp has sufficient 

gain-bandwidth and low quiescent current drain. This op-amp 

is CMOS, but the output stage is bipolar which better 

handles capacitive and resistive loads. A standard 

non-inverting amplifier configuration was used with some 

slight modifications. Dne modification which was made 

allowed the amplifier to ignore any DC bias on the input and 
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amplify only AC signals. This was accomplished by grounding 

the bottom of the feedback divider through a capacitor. At 

a gain of 64 this amplifier had an upper cutoff of about 

75 kHz. In order to extend the bandwidth a little, a small 

bypass capacitor was added in the feedback path across the 

lower resistor of the divider. The capacitor boosts the 

gain slightly at the higher frequencies by reducing the 

amount of negative feedback. (5NAP was used tD simulate this 

amplifier so that the best standard value for the bypass 

capacitor could be determined. With a capacitance of 

0.005 uF, the upper cutoff is 115 kHz. 

The 15 kHz filter shown in figure 5 is a unity-gain 

second-order high-pass Butterworth design. It was designed 

by the OPTIMH program with the input parameters of FD = 

15 kHz and Q ~ 0.707107. The resulting filter was'tested 

with 6NAP which showed the —3 dB response to be 15 kHz to 

2.2 MHz. The RCA CA3140 was used for the amplifier in this 

filter because Df its low power drain, CMOS front-end, 

bipolar output, and high (4.5 MHz) unity-gain bandwidth. 

This filter was considered necessary to help eliminate 

unreasonably low output frequencies which would cause 

annoying rumble. 

Figure h shows the 90 kHz filter which is a 

unity-gain fourth-order Butterworth design used as an 

anti-aliasing filter. It was designed as two cascaded 
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second-order sections by the OPTIIiL program. The normalized 

•fourth—order Butterworth transfer function 

HIS) - 1/(S4 + aS3 + bS2 + aS + 1) 3.1 

where a = 2.613126 and b = 3.414214, 

can be expressed as the product of two second-order transfer 

functions 

H(S) = 1/tS2 + cS + 1) " 1/(S2 + dS + 1) 3.2 

where c — 1.84776 and d = 0.76536, 

which gives the Q—factor values of 

Q1 = 1/c - 0.54120 and Q2 = 1/d = 1-30657-

The desired —3 dB cutoff frequency of the system is BO kHz 

but since the signal is low—pass filtered twice, this filter 

must attenuate only —1.5 dB at BO kHz. The other filter at 

1.4 kHz must also attenuate —1.5 dB so that the overall 

attenuation is -3.0 dB at B0 kHz- In order to accomplish 

this, the cutoff frequency of this filter can be computed 

from 

-1.5 dB = —lOlog ( (B0 IcHz/FO)8 +1) 3.3 

which gives F0 = B9.4 kHz. The filter was designed by 

•PTIML as two second-order sections using this F0 and the 

previously calculated values for Q1 and Q2. The filter was 

then analyzed with GNAP which showed that the filter was 

attenuating more than -1.5 dB at B0 kHz. This higher 

attenuation is probably due to the gain-bandwidth limitation 

of the op-amp and can be compensated for by designing for a 

higher cutoff frequency than desired. The filter was 
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redesigned with a higer cutoff of 90.2 kHz and then 

reanalyzed with GNAP which showed that the attenuation was 

-1.5 dB at BO kHz. Bread-board tests of this filter showed 

that the attenuation was -1.5 dB at 79.-7 khz which is 

satisfactory. 

The analog delay line section was designed using a 

very similar circuit in the preliminary data sheet as a 

guide. The basic configuration is the same as that in the 

data sheet but some component values were changed and a 

different clock driver was used. The analog signal input to 

the SAD4096 must have a DC bias which is provided by means 

of a 5k potentiometer, 5.11 k resistor, 100 k resistor and 

0.1 uF decoupling capacitor. This bias voltage is adjusted 

to approximately 3 volts by the 5 k potentiometer because 

the optimum setting is dependent on the particular values of 

Vbb, and Vdd. Vbb is the interstage bias voltage which the 

manufacturer recommends to be approximately one volt less 

than the supply voltage Vdd. This is accomplished simply by 

using a silicon diode to drop the supply voltage by about 

0.7 volts. This method works and is used in the example 

circuit provided on the data sheet. The complementary 

outputs of the SAD4096 are supplied from FIDS source 

followers which have 33 k source resistors and are summed by 

a 1 k potentiometer. The potentiometer is adjusted until 

optimum symmetry is attained. Delay line gain is dependant 

on the source resistance and has been designed to have a 
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gain slightly greater than unity. A unity gain is achieved 

when the source resistors are about 20 k. It was decided 

that the slightly higher than unity gain would make up for 

any unseen losses in the filters and associated circuitry. 

The circuit in the design sheet used for driving the clock 

inputs is two CMOS CD4013 flip-flops connected in parallel, 

but this method was not used in the UTAC because the 

flipflops must be operated at twice the clock frequency of 

the delay line. Instead, the complementary clock lines are 

driven by a CD4049 heK inverting buffer. Since each of the 

two clock inputs present a 1000 pF capacitance load, 

considerable driving current must be supplied by the clack 

driver to operate the delay line at the 921*6 kHz clocking 

frequency. Bread-board tests determined that the CD4049 has 

an output stage that is capable of driving the clocking 

inputs adequately at the high clock frequency. The summed 

output signal from the 1 k potentiometer is passed by a 

0.01 uF capacitor which removes the DC bias and then goes 

into the 1.4 kHz lowpass filter which reconstructs the 

signal waveform. The input to this filter is shunted to the 

reference voltage by an analog switch during the record 

cycle to eliminate any feedback and to reduce glitches which 

occur when the clock frequency abruptly changes from the 

fast record rate to the slower playback rate. 

The 1400 Hz unity—gain fourth-order low-pass 

Butterworth filter shown in figure 7 was designed much in 
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the same way as the 90 kHz filter except that it did not 

have to be redesigned with a higer cutoff frequency to 

compensate for bandwidth limitations of the op—amp. Since 

the input cutoff frequency of the UTAC was chosen to be 

80 kHz and since the conversion ratio was chosen to be 64:1, 

this filter must have a -1.5 dB cutoff at 

F = 80 kHz/64 = 1-25 kHz. 3.4 

As stated earlier, this filter must attenuate —1.5 dB when 

the input frequency is 80 kHz; . thus, the -3 dB cutoff 

frequency of this filter can be determined from 

-1.5 dB = —lOlog((1.25 kHz/F0)B + 1) 3.5 

which gives F0 = 1396.3 Hz. This frequency and the 

fourth-order • values were used by 0PT3ML to design the two 

second-order sections of this filter which was then tested 

by GNAF to verify proper design. This filter removes 

clocking glitches from the output of the delay line and also 

smoothes out the stepwise-continuous signal, thus 

reconstructing the original input. 

Audid output amplification was accomplished by an 

LM386 low-power audio amplifier made by National 

Semi conductor. This integrated circuit has been designed 

specifically for battery-powered uses and is ideal for use 

in the UTAC. The gain is adjustable from 26 dB to 46 dB but 

is used at a gain of 26 dB. The output drives a set of 

lightweight headphones at an impedance of B ohms. A 10 k 

potentiometer set up as an adjustable voltage divider is 
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used at the input tD the amplifier to adjust the volume 

level and a 0.04 uF capacitor is connected from the 

amplifier input to ground to reduce the amplification of 

spuriously radiated high frequency signals from other 

circuit sections. The power supply to the LM3Q6 is filtered 

by a fourth-order passive powerline filter- This filter is 

used to eliminate voltage spikes generated by the amplifier 

from getting onto the power supply. When the output of the 

amplifier crosses-over the quiescent output point, the 

amplifiers output stage tends to conduct current from the 

power supply to ground which causes spikes on the power 

supply line. The output of the amplifier is shunted to 

ground through a 0-05 uF capacitor and a 10 ohm resistor to 

eliminate passible high-frequency oscillations from 

occuring. This is suggested in the data sheet for the 

LM3B6-

The digital logic section consists of these 

subsections: master clock oscillator, record/playback clock 

divider, record/playback counter, trigger flipflop, and 

clock driver for the SAD4096. The master clock oscillator 

was designed -From two of the four NOR gates of a CD4001 quad 

two-input NOR gate. Both of the gates are used as logic 

inverters by tying both inputs together. One inverter is 

used as the oscillator along with a stabilizing R-C network 

and a 1-8432 MH2 crystal. The other inverter is used as a 

buffer and interfaces the oscillator to the record/playback 
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divider. This divider is a CD4020 and provides two clock 

outputs. One output is a 921.6 kHz square wave which is 

used as the sampling -frequency during the record mode o-f the 

UTAC. The other output is .a 14.4 kHz square wave which is 

used as the clock -frequency during the playback mode. These 

two dif-ferent clock frequencies are selected by two trans-fer 

gates which are controlled by the record/piayback counter. 

The selected clock frequency is used to clock both the 

record/playback counter and the SAD4096. The 

record/playback counter is a CD4020 which complements its 

output once every 204B clock cycles. This allows enough 

clock cycles -for the analog delay line to -fill or empty its 

204B storage cells. A switch connected tQ the reset pin o-f 

this counter either connects the reset to ground which sets 

the non-triggered mode or it connects the reset to the 

output of the trigger flip-flop which selects the triggered 

made. The output of the record/playback counter is used to 

alternately select which transfer gate is turned on which in 

turn selects the appropriate clock frequency. The same 

output is used to reset the trigger flipflop by means of a 

one-shot. The one—shot is designed from a O.01 uF 

capacitor, 10 k resistor, a 1N914 switching diode, and a 

pulse shaper designed from two stages of a MCI4-58 hex 

inverting schmitt trigger. This one-shot circuit produces a 

positive pulse lasting about 100 uS and is used to reset the 

trigger flipflop. The trigger flipflop is an SR type 
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composed of two NDR gates and is used to hold the 

information that a trigger has occurred. The trigger 

flipflop is set by another Dne-shot circuit like the one 

already described. This other one-shot is connected to the 

threshold detector of the trigger circuit. 

The trigger section consists of two parts. The 

first is a precision half—wave rectifier and the second is 

an adjustable threshold detector. The input of the 

precision half-wave rectifier is connected tD the output of 

the 90 kHz filter and is used to pass only the 

positive-going parts of the incoming signal for triggering. 

This rectified signal is then fed to the threshold detector 

which is adjustable by means of varying the reference 

voltage with a potentiometer. The output of the threshold 

detector is normally at ground potential, but when an input 

signal exceeds the reference voltage the output swings to 

the positive rail. The output is fed to a one-shot which 

produces a 100 uS pulse that sets the trigger flipflop. A 

small amount of positive feedback is used in the threshold 

detector to cause it to have some hysteresis which improves 

its noise immunity. Both of these sections use the CA314Q 

op-amp as the active device. 

The power supply section provides a current-1imited 

regulated 12 volt output which is the main operating voltage 

and a regulated 7.1 volt output which is the reference 

voltage for the op-amps and threshold detector. An LM723 
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regulator made by National Semiconductor was used because a-f 

its current limiting capability, small size, and its ease of 

use. The regulator was designed to limit output current to 

about 130 mA which is adequate for the LJTAC circuitry. The 

current limiting is a useful protective feature which 

insures that high currents cannot flow and cause possible 

destruction of circuit elements or the batteries in the 

event that an unforseen short-circuit occurs. A CA3140 is 

used as a unity—gain follower to provide the reference 

voltage. The reference voltage should ideally by about 

6 volts, but 7.1 volts works fine and was already available 

as part of the voltage regulator circuitry. The complete 

schematic of the UTAC is shown in figures 8, 9, and 10. 
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CHAPTER 4 

CONCLUSIONS AND RECOMMENDATIONS 

Preliminary field tests have been conducted with the 

UTAC and the results are very encouraging. The device 

performed very well under a variety of circumstances in the 

field. Many kinds of insects and a few kinds of bats have 

been monitored and some were recorded by a microcassette 

tape recorder and then studied more carefully at a later 

time. The UTAC was also used to "listen" to some 

non-biological ultrasound producers such as high—pressure 

gas leaks, electric motors, ultrasonic remote controllers, 

and ultrasonic rodent eliminators. There is a whole world 

of sounds beyond the range of human perception that is just 

beginning to be studied and the UTAC can be used to 

accelerate the investigation of this most interesting field. 

This device is not a substitute for the high-speed 

high-frequency tape recorder, but a very useful adjunct. As 

state-of-the-art technologies in SDIid-state devices became 

more advanced, a device similar to the Ul'AC may be developed 

in the very near future to completely replace the 

tape-recorder for both recording signals for later analysis 

and for real-time ultrasound to audio conversion. 

36 
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The biological uses of the UTAC for the study of 

ultrasDund-producing organisms have been explored only in a 

very limited way. It will take some time be-fore the full 

implications of this device are discovered. Field tests 

conducted around the Tucson area have shown that the UTAC is 

well suited for the study of bat sounds. The sensitivity of 

the device allows the reception of bat cries at a distance 

of about 30 meters. It may be possible to distinguish 

between species of bats just by the way the chirps sound 

after being processed by the UTAC. The possibility of 

distinguishing species by sound alone would allow those who 

study bats to investigate bat populations in an area without 

the burden of catching a large number of bats and 

identifying the species by visual inspection. Entomologists 

will also find the UTAC to be useful in field studies of 

ultrasound producing insects. The UTAC has been used to 

"listen" to wax moths as well as crickets. Many kinds of 

insects can be identified by the sounds that they make. The 

ability to determine the types of insects just by the sounds 

they make will make studies of larger areas much easier to 

conduct. 

The UTAC is only a prototype Df the kind of device 

that some day will be in common use just as tape recorders 

are commonly used today. Higher density bucket-brigade 

devices will became available as technology is improved 

making possible much longer storage times and much higher 
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sampling rates. Other similar devices such as 

charge-coupled-devices (CCD) will became cheaper and require 

1ess support hardware thus providing an alternate means of 

analog storage. Although the future of such devices 

promises greater capabilities, the UTAC can be modified with 

present technologies to change and improve its function. 

In some cases the UTAC may only be needed to do 

real-time conversion of ultrasound to audio with the human 

ear as the only signal analyzer. For this use it is 

passible that the strict filtering requirements for the 

90 kHz anti-aliasing filter and the 1.4 kHz signal 

reconstruct!on filter could be reduced without any 

noticeable degradation of audible signal integrity. Instead 

of fourth—order filters, second-order filters could be used 

and the sampling rate could also be reduced- The triggering 

circuit might also be simplified so that it consisted of 

only a threshold detector. These changes would simplify the 

circuit considerably and would reduce the overall size of 

the device while extending battery life as well. To the 

human ear this relaxed—constraints version of the UTAC 

might sound the same as the UTAC prototype, but it would 

have an increased recording time which would allow it to 

capture longer pulses of ultrasound. 

If relaxed filtering is objectionable, but longer 

record times are required, then another audio delay line 

could be used in addition to the one already in the UTAC 
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design. This other delay line would essentially be hooked 

in parallel with the other and would share the same signal 

input. The clock lines would be the same except that they 

would be reversed on the additional delay and the outputs of 

each would be summed to -form the -final signal output. This 

con-figuration is explained in detail in the manufacturers 

data sheet -for the 5AD1024 under multiplexed operation. 

When the delay lines are connected this way, the Nyquist 

frequency is the same as the clacking frequency which allows 

the clock frequency to be halved for the same sampling rate 

as before. Thus, with half the previous clock frequency, 

the record time is doubled. This modification is one of the 

easiest to implement to the existing UTAC prototype and is 

being considered as a desirable improvment in the near 

future. 

A more profound improvement tD the UTAC could be 

realized by employing switched-capacitor filters for the 

anit-aliasing and reconstruction functions. The cutoff 

frequencies of these filters could then be easily changed by 

varying clock rates. With this capability, the UTAC could 

have varying record and playback rates. This would allow 

users much greater flexibility in applying the UTAC to 

different situations. For example, if low-frequency 

ultrasound was of interest then the sample rate could be 

lowered and the filters adjusted appropriatly. This would 

allow a longer record time. The playback time could also be 
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varied and the -filters adjusted appropriatly. The filter 

would of course automatically adjust by responding to the 

clock rates set by switch positions. 

Most bat studies are concerned with only the 

dominant -Frequency and ignore the higher harmonics of the 

chirps- This is understandable since the harmonics tend to 

have very low intensities. The UTAC was designed to convert 

the dominant frequency as well as most of the harmonics down 

to audi.o, but if only the dominant frequency is of interest;, 

then another device may prove to be more valuable. This 

proposed device would be similar in operation to the UTAC, 

but instead of using an analog storage device it would have 

a solid-state digital memory most likely the static type. 

The memory would be only one bit wide, but it would have 

many storage locations such as a 1 bit-by-64 k RAM. The 

input circuitry would be similar to that of the UTAC, but it 

would be designed with much more gain and would have a 

schmitt—trigger effect on the input signal. Thus the 

dominant input frequency would be converted to a square wave 

which would then be clocked into the digital memory at a 

certain record rate. The stored signal would then be played 

back at a slower playback rate. An analog or 

switched-capacitor filter at the output of the digital 

memory would limit the high-frequency harmonics of the 

output square wave. After filtering, the signal would be 

amplified to provide output for a speaker or headphones. A 
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device like this would have much cheaper and greater storage 

capacity than the UTAC, but it would not have a linear 

amplitude response. Thus, sources of sound nearby would 

sound the same as sources that were some distance away. 

Experience in the -field of ultrasound reception has shown 

that a device such as this would be almost as useful as the 

UTAC. The higher non-linear gain of this device would give 

it a much greater reception range than that of the UTAC 

which is a very desirable character*stic for studying bat 

sounds. 
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10 REM GENERAL NETNDRK ANALYSIS (GNAP) 
26 REM HRITTEN BY ALEX TAKESSIAN 
30 REM FOR THE APPLE COMPUTER 
40 REN 
50 DIM fiE(30,31),IM<30f31),R(60),C(60),L(60),A{60),RF(60),RT(60),CF(60),CT(60),LF(60),LT(60),VP(60),VN 
(60),ILt60),IE(60) 
60 TEXT : HONE : PRINT "6ENERAL NETWORK ANALYSIS PROGRAH': PRINT : INPUT 'NODES: *;N: INPUT 'BRANCHES: 
•;B 
70 R = 0:L = 9:C = 6:A = 0:PI = 41 ATN (lh PRINT : FOR 1 = 1 TO B 
89 PRINT "ELEMENT *:I:: INPUT u TYPE (R.L.C.A): ':Tt 
90 IF Tt = "R' THEN R = R + 1: INPUT "RESISTOR VALUE: ':R(R): INPUT 'FROM,TO: "{RFfRJ.RT(R): 6QT0 149 
100 IF Tt = "L# THEN L = L + 1: INPUT 'INDUCTOR VALUE: ';L(L): INPUT "FROM,TO: 1}LF(L),LTIU: GOTO 140 

110 IF Tt = "C" THEN C = C + 1: INPUT "CAPACITOR VALUE: ";C(0: INPUT "FROM,TO: "jCF(C),CT(C): GOTO 14 
6 
120 IF Tt = *A" THEN A = A + 1: INPUT "AMPLIFIER GM: *;A(A): INPUT *V+,V-,IL,IE: ";VP(A),VN(A),IL(A),I 
E(A): GOTO 140 
130 EOTO B0 
140 PRINT : NEXT : INPUT "INPUT,OUTPUT: "jNI.NO 
150 IF R < >0 THEN FOR I = 1 TO R:R(I) = 1 / R(I): NEXT 
160 IF L < >0 THEN FOR 1 = 1 TO L:L(I) = - 1 1 (2 I PI I LCI)): NEXT 
170 IF C < >0 THEN FOR I = 1 TO C:C(I) = 2 * PI I C(I): NEXT 
1B0 HDME : PRINT 'FREQUENCY SHEEP SELECTION": INPUT "FMIN,FMAX: ";F1,F2: INPUT "STEPS: "jS 
190 INPUT "LIN.L06: ";Tt: IF Tt = "LIN" THEN FF = 0! GOTO 220 
200 IF Tt = 'LOG" THEN FF = 1: EOTO 220 
219 GOTO 190 
220 F = FliDF = (F2 - Fi) ! S: IF FF THEN DF = EXP ( LOG <F2 / Fl) / S) 
230 PR* 1: PRINT CHR* <9)"80N";s PRINT CKRt (27)"V CHR$ (1); 
240 POKE 36,5: PRINT • FREQUENCY":: POKE 36,25: PRINT " MAGNITUDE";: POKE 36,45: PRINT " DB MAGNITUDE 

P0K£^3fi,65: PRINT " PHASE (DEG) " _ _ „ 

260 FOR J = 0 TO N + 1: FOR I = 6 TO N:RE(I,J) = 0:IMII,J) = 0i NEXT : NEXT 
270 IF R = 0 THEN 300 
280 FOR I = 1 TO fl:X = RF(I):Y = RT(]):Z = R(I]: IF Y < >0 THEN RE(Y,Y) = RE(Y,Y) + Z:RE(X,Y) * REIX 
,Y> - Z:RE(Y,X) = RE(Y,X) - Z 
290 RE(X.X) - RE(X,X) + Z: NEXT 
309 IF L " 0 THEN 330 
310 FOR l"= 1 TO LsX = LF(I):Y = LT(I):Z = L(l) / F: IF Y < >0 THEN 1M(Y4Y) = IM(Y,Y) + Z:IMtX,Y) = 
IM(X.Y) - Z:IH(Y,X) = IM(Y,X) - Z 
320 IH(X.X) = Ih(X,X) + Z: NEXT 
330 IF C = 0 THEN 360 
340 FOR I = 1 TO C:X = CF(I):Y = CT(1):Z = C(I) I F: IF Y < > 0 THEN IH(Y,Y) = IM(Y,Y) + Z:IM(X,Y) = 
IM(X.Y) - Z:IH(Y,X) = IM(Y,X) - Z 
350 IH(X.X) = imX.X) + Z: NEXT 
360 IF A < >0 THEN FOR I - 1 TO A:V = VP(I):N = VN(I):X = IL(I):Y = IE(1):G = A(I):RE(Y,N) = REtY.H 
) + G:RE(X,V) = RE(X,V) + GsRElY.V) = RE(Y.V) - G:RE(X.H> = RE(X.H) - G: NEXT 
370 REINI.N + II = 1: FOR I = 1 TO N:D = REU.I) I R£(I.I) + 1M(I,I> I IM(I,I):AR = RE(I,I) / D:BI = -
IM(I.I) / D: FOR J = 1 TO N + It RE = flE(I.J):IH = IH(I,J):RE(1,J) = RE * AR - IM I BI:Ih(I,J) = RE I BI 
+ IM » AR: NEXT 
3B0 FOR K = 1 TO Ni IF K < > I THEN AR = REIK,I):BI = IM(K.I): FOR J = 1 TO N + 1:RE = RE(I,J):IN = I 
HU,J):RE(K,J) = RE(K,J) - AR I RE + BI I IH:IM(K,J) = IMtK.J) - BI I RE - AR I IM: NEXT 
390 NEXT : NEXT :D = RE(NI,N • 1) I REIKI,N + 1) + IM(NI,N + 1) I 1H(HI,H + 1):RE = (RE(NI,N + 1) I RE 
(NO.N + I) + IMtNI.N + 1) I IHfNO.N • 1)) / D:IN = (IM(NO,N + 1) I RE(NI,N + 1) - RE(NQ,N + 1) I IH(NI, 
N + 1)1 / D:H = 10 t LOG (RE I RE + IM I IM) / LOG (10) 
400 P - ATN (IM / RE): IF RE > 0 THEN 430 
410 D = PI: IF IM < 0 THEN D - - PI 
429 P " P + D 
430 P = 180 I P / PI 
440 POKE 36,5: PRINT F;: POKE 36,25: PRINT EXP (.05 I LOG (10) I H);: POKE 36,45: PRINT H;: POKE 36, 
65: PRINT P 
450 IF F > = F2 THEN PRINT : GOTO 489 
460 IF FF THEN F = F I DF: 60T0 260 
470 F = F + DF: GOTO 260 
4B0 PRI 0: INPUT "ANOTHER SHEEP (Y/N): "{At: IF At = "Y" THEN 1B0 
499 IF At = "N' THEN 510 
500 6DT0 4B0 
519 END 



APPENDIX B 

BABIC LISTING OF OPTIML 

19 REM 
29 REM 
36 REN 

DPTIHUH FILTER DESIEH (QPT1HL) 
WRITTEN BY 

ALEX TAKESSIAN 
40 REM FDR THE APPLE COMPUTER 
50 REM 
60 HOME s CLEAR : INPUT 'FRED: ";F: INPUT "Di *;Q: PRINT . 
70 DIM C(47),R(191) 
80 DATA 10,11,12,13,15,16, IB,20,22,24,27,30,33,36,39,43,47,51,56,62,68,75,B2,91 
96 DATA 634,649,665,681,698,715,732,750,768,787,806,825,845,066,687,909,931,957,976, 1000,1020,1050,1CI7 
0,1100,1130,1150,1100,1210,1240,1270,1300,1330,1370,1400,1430,1470,1500,1540,15B0,1620,1650,1690,1746,1 
780,1020,1870,1910,1960,2000 
100 DATA 2059,2100,2150,2210,2260,2320,2370,2430,2490,2550,2610,2670,2740,2800,2870,2940,3010,3090,316 
0,3240,3320,3400,3400,3570,3650,3740,3830,3920,4020,4120,4220,4320,4420,4530,4640,4750,4070,4990,5110,5 
230,5360,5490 
110 DATA 5620,5760,5900,6040,6190 
120 FOR I = 0 TO 23s READ AsC(I) = IE - 11 * A:CII + 24) = IE - 10 I A: NEXT 
130 FOR I = 0 TO 95: READ A:R(I) = A:R(I + 96) = 10 I As NEXT 
140 A = 0:B = 0:C = 6:0 = 0:C9 = 0:R9 = 0:R8 = 0 
150 E4 = 1E10:PI = 16 I ATN (1):HA = ,5 
160 FDR K = 0 TO 47:C1 = CfK):Rl = 1 / (PI I F I U I C1):C2 = B I CI I Q I Q:R3 = HA t R1:E1 = 1EI0:E2 
= IE10:£5 = 1E10 
170 FOR L = 0 TO 47:E = ABS HC2 - C(L)) / C2): IF E < E3 THEN E3 = EsC9 = C(L) 
180 NEXT 
190 FDR L = 6 TO 191:E = ABS ((Rl - R(L)) / Rl): IF E < E2 THEN E2 = E:R9 = R(L) 
200 E = ABS ((R3 - R(U) / R3): IF E < Ei THEN El = E:RB = RIL) 
210 NEXT 
220 E = EI + E2 + E3: IF E < E4 THEM E4 = E:A = C1:B = R9:C = C9:D = RB 
230 NEXT 
240 PRINT "FREQ.= ";Fs PRINT '0 = ";Q: PRINT 'C = "jA: PRINT "Rl = "|B: PRINT 'C2 = ";C: PRINT *R3 = " 
;D: PRINT 'ERROR = *|E4: PRINT 
250 END 

44 



APPENDIX C 

BABXC LIBTING OF OPTIMH 

10 REH 
20 REH 
30 REH 

OPTIHUN FILTER DESI6H (OPTIMH) 
HRITTEN BY 

ALEX TAKES5IAN 
40 REN FOR THE APPLE COMPUTER 
56 REM 
60 HOME ! CLEAR : INPUT "FREQ: "sF: INPUT "0: *;0: PRINT 
70 OIK CI47),R(191) 
60 DATA 10,11,12,13,15,16,16,26,22,24,27,36,33,36,39,43,47,51,56,62,68,75,82,91 
90 DATA 634,649,665,681,698,715,732,750,768,787,806,825,845,866,887,909,931,957,976,1000,1020,1050,107 
0,1100,1130,1159,1160,1210,1240,127tft1300,1330,1370,1460,1430,1470,1500,1540,1580,1620,1650,1690,1740,1 
786,1820,1876,1910,1960,2600 
160 DATA 2050,2100,2150,2210,2260,2320,2370,2430,2496,2550,2610,2670,2740,2800,2870,2940,3610,3090,316 
0,3240,3320,3400,3466,3570,3650,3740,3836,3920,4020,4120,4226,4320,4420,4530,4640,4756,4B70,4996,5110,5 
230,5560,5490 
110 DATA 5620,5760,5900,6040,6190 
120 FOR I = 0 TO 23: READ AlC(I) = IE - 11 I A:C(I + 24) = IE - 10 * A: NEXT 
130 FOR I = 6 TO 95: READ A:R(I) = A:R(I + 96) = 10 t A: NEXT 
140 A = 0:B = 6:D = 0:R9 = 6:RB = 0 
150 E4 = 1E10:PI = 24 t ATN (1) 
160 FOR K = 0 TO 47:CI = C(K):R1 = 1 / (PI I F I Q I C1):R3 = 9 I Qt 0 I R1:E1 = 1E10:E2 = IE10 
170 FOR L = 0 TO 191tE = ABS ((Rl - R(L)) / Rl): IF E < E2 THEM E2 = E:R9 = R(L) 
1B0 E = ABB KR3 - R(L)) / R3): IF E < El THEN El = E:R8 = R(L) 
190 NEXT 
200 E = El + E2: IF E"< E4 THEN E4 = E:A = C1:B = R9:D = RB 
216 NEXT 
220 PRINT "FREO.= U;F: PRINT 'Q = ";Q: PRINT "C = ";A: PRINT "R2 = '{fi: PRINT 'R5 = "jDs PRINT "ERROR 
= ,;E4: PRINT 
230 END 

45 



APPENDIX D 

EXAMPLE USE OF OPTIMH AND GNAP 

46 



3RUN OPTIMH 
FRED: 1500O 
Qs 0.707106B1 

C = 1.5E-09 
R2 = 3320 
RS = 15000 
ERROR = 4.70127241E-03 

3RUN GNAP 
GENERAL NETWDRK ANALYSIS PRDBRAM 

NODES: 4 
BRANCHES: B 

ELEMENT 1 TYPE (R.L,C,A>: 
CAPACITOR VALUE: i.5E-9 
FROM,TO: 1,2 

ELEMENT 2 TYPE (R.L,C„A): 
CAPACITOR VALUE: i.5E-9 
FROM,TO: 2,3 

ELEMENT 3 TYPE (R,L,C,A)s 
CAPACITOR VALUE: 1.5E-9 
FROM,TO: 2,4 

ELEMENT 4 TYPE (R.L.C,A>: 
RESISTOR VALUE: 3320 
FROM,TO: 2,0 

ELEMENT 5 TYPE (R.L.C.A): 
RESISTOR VALUE: 15000" 
FRDM,TD: 3,4 

ELEMENT 6 TYPE <R„L,C.A): 
AMPLIFIER GMs 1667 
V+,V-,IL,IE: 0,3,0,4 

ELEMENT 7 TYPE (R,L,C,A>s 
RESISTOR VALUE: 
FROM,TO: 4,0 

ELEMENT S TYPE (R,L,C,A>: 
CAPACITOR VALUE: SB.9E-6 
FROM, TO: 4,0 

INPUT.OUTPUT: 1,4 
FREQUENCY SWEEP SELECTION 
FM1N,FMAX: 1.97E3,1B.28E6 
STEPS: 9 
LIN,LOG: LOG 

R 

R 

FREQUENCY 

1970 
5436.2656 
15001.5145 
41397.0647 
114236.263 
315237.902 
B69907.0BB 
2400530.95 
6624326.81 
1B2B0000 
50444129.5 

^MAGNITUDE 

.0171679284 

.129B04492 

.708563082 

.9902B2492 

.996324166 

.987995014 

.930B52B91 

.6B3430796 

.321810509 

.122276035 

.0446025531 

DB MAGNITUDE PHASE (DEG) 

-35.3056421 
-17.7342056 
-2.9924295B 
—.0B48179809 
—.0319B67093 
10490494 

-.622378965 
-3.30610911 
-9.B4799556 
-IB.253173 
-27.0128056 

—10.6B20271 
-30.5037237 
-90.2962542 
-150.617193 
-172.242295 
175.B92741 
160.31B912 
133.747115 
1O9.000675 
97.1010393 
92.5702984 
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