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I. INTRODUCtION
I .

- 
~~~

-

A Surface Acoustic Wave (SAW ) device consists of two transducers

with interleaved alum inum fingers on a piezoelectric substrate. The

input transduc er is implemented with fingers of equal length , whil e

the output transduc er has fingers with varied overlap. The filter

t operates by electrically exciting the input transducer which through

the piezoelectric effect causes a surface wave along with  other modes

to propagate towa rd the out put transducer . There the wave is

• transfo rmed back into an electrical signal . The out put tran3ducer

works in a manner sim ilar to a digital fi l ter  and can be modeled as a

tapped delay line of N f ingers where 1) each finger is a delta
5. 1 -function generator—detector of sur face waves , 2) the constant

propagation t ime between fingers is the unit delay time t , 3) the

variable finger overlap (apodization) is proportional to an attenuator

we ight Wk and J~ ) the relative direction of overlap with respect to the

direction ~f propagation determines the relative sign of that tap (see
a

figure 1) (1].
1•

I , -

Therefore the output is the sum of the attenuated and possibly

inverted replicas of the input , each delay ed by an integer mult iple  of
5.

the un it delay t ime t. The apodization function , that is the tap

• weights , is found by computing the fourier transform of the soecified

r frequency response. This impulse response weighting assumes an ideal

surface wave can be created which neither diffracts  nor reflects (2 ] .

a 
Very narrow band devices may require more than 100 taps , but due to

limited substrate length time sidelobe taps may be truncated by

straight deletion or by applying a window to the specified frequency

- - . . ~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ ~~~~~~~~~~~~~~~~~~~~



- -—— -- - •-•-~~~ — - 
:~~~ ‘~~ ~~~~~~~~~~~ 

i.-
2 1

I

I
I’

• W 1 Wk WN,a

t1

Figure 1. Tapped delay 1.ine with unit delay time tk and
attinuato r weight W, .

IC

______________________ 
I



3

response , such as Hamming the data .

- 
The designer may adjust finger overlap and delay, therefore a

wide range of transfer functions is possible. SAW devices are

inherently bandpass in nature due to physical limitations . Devices

lower than 10 MHz require too large of finger spac ing , while devices

approaching 1.5 0Hz are limited by the processes used to construct the
fingers .

a- -p - - ,
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II. TUE PROBLEM

SAW filters have recently been designed specif ical ly  for low

insertion loss , — 60db sidelobes , small passband ripple , and/or near

uni ty  sha pe factor .  The approach presented here stresses overall

frequency response accuracy. This can be achieved by a method of

correction which pre— diztorts  the theoretical tap weights.

Implementing a bandpa ss f i l ter  using the surface wave approach

contains these m ath  sources of error : 1) bulk and plate mod es

propagate and interfere with the surface wave, 2 ) the surfa ce wave

diffr acts as it travels to the out put transducer , 3) the f ingers

L interact through the array due to circulating currents and regenerate

other waves , ~4 )  the surface wave reflects back off  the substrate— air

interface and 5) reflections off the transducer arrays create triple

transit echos . The first , fo urt h and f i f th  sources can be minimized

wi th specific fabrication techniques . The errors remaining could

possibly be eliminated by a cut and tried approach , but since the taps

are not fully independent a change in one tap we ight affects  these

aroun d i t .  The problem therefore lies in finding a technique to .‘

isolate consistent errors in a set of devices and applying this error

to th e theoretical tap weights inorder to compensate for the additive

errors contributed by the SAW filter approach. This technicue could

greatly decrease the time between passband specification and accurate

filter implementation because it recuires only one mask—device

i tera t ion.

1’
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I I I,  TET AM ANA LYSIS

SAW transducers are implemented in the time domai n as the fourier

transform of a specif ied frequency response. In order to correct a

SAW fil ter , one would need to know the individua l time domain

contr ibut ion of eac h tap in its operating environment because
- I quant i ta t ive error analysis  is d i f f i cu l t  using frequency domain data [3].

Highly accurate tap data is d i f f i c u l t  to obtain from direct  time

1 ~ 
domai n measurements becaus e the pulse exciting the SAW device must be

narrow enough to resolve the higher freauency components and powerful

enough to produc e a useable output  signal . Since the power of a

L constant amplitude pulse is proportional to the pulse duration , the

spec tral density and impulse response amplitude decrease quadratically

with puls e width .  Hence , the fr equency range of accurate direct time

domai n measurements is severely limited .

A. Theory .

The impulse respo nse of a narrow passband f i l ter  is wri t ten as

h(t) = a ( t )  cos 2rtf t + b (t) sin 2~ f t  (1)

where a (t )  is the envelope of the inphase response , t ( t )  is the

• envelope of the quadrature time response , and f 0 is an arbi trary
- 

freque ncy within the passband . The inphase response arises from the

- 
tra nsfer function component which is symmetrical about f0 , while the

cuadratur e reponse is due to the antisymmetric component .
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If two periods of h(t) (figure 2a) are sampled at a 4f 0 rate , the

even numbered samples (a2j) represent the inphase components , and the

odd samples (a2j÷i) represent the quadrature components (figure 2e)

(5]. The sampling process

I - 

N
E a~ ô(t - 

~j—) (2)

I i—I. 0

j gives rise to frequency domain images symmetric about harmonics of the

sampling rate ( f igure 2f ) .

The interleaved inphase and quadrature samples (figur e 2e,3a) are

I grouped into pairs and converted to polar form with magnitude (c 2j )

and phase 
~~2i~ 

given by J -

c2~ J (a2~)2 + (a2~÷1)
2 (3)

: . ~~~~ (4) 
•

a
2~

The phase converts into az~ offset sample delay (~t2~) of ~2~
/2rif0

measured from the 2ith sampling point so that the absolute sample time

+ At2~ 
(5)

I where a1. — l 2i÷l
At
2~ —~~~ — tan t a 

] (6)

1 o 

-~~~~~~~~- -
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h(t )  I H(f )

(b)

t t t t t t t L~~(c) ~~ (d)

4 3 - 2 i~ b L  2 3 4

1. • —~ 
(\~ñ i t\ Ni2\1[~x(e) ( f )

KP-1 008

Figure 2. Time domain sampling a) two periods of h ( t ) ,  b) fundamental
frequency response , c) sampling comb function , d) f requency
convolving comb function , e) sampled impulse response ,
thphase and quad rature , f )  frequency domain images.

r

~~~~~~~~~~

~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ ~~~~~~~~~~~ 

- 

•-



~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~~ ~~~~ - - ~~~-~~~

B

-5 -4 -3 -2 -1 0 1 2 3 4 ~ 
Interleaved
Inphase 

~~~
- I 4 1 4 4 4 Quad 

~~2i+1~
(ci) 

t

I I I
• I

I I II I
I I

-2 -i 6 1. 2 k

f 1 Magnitude
I j I I I t —..- (c K )

(b) I 
-

I I I I I
I I I I

1.  II I 
I I I

— -~~~~~ I I
I I I

I Offset
1 4 Sample4 T 1 I ~~~~~~~.. Delay

(c) (
~ t~

) - 

I

8f 0 1 I

- ,  
I I
I I 

I I

h 4 4, Discrete
I I Impu l se

I I 
~~~~~~

,. Response

1~ 1~ -

Figur e 3. Po lar conversion of ’ samples.



-
~ -~ - -

~~~ ~~~~~~ -~~~~~~~~ -

9

L

is the offset sam ple delay and includes specified and spurious

“a deviations from linear phase. Magnitude and offset sample delay are

shown in figures 3b and 3c respectively. Incorrect choice of the

sampling rate (2f 0 = F max ) adds a slope to the offset sample delay

wh ich is the dua l of the phase slope in the frequency domain when a

-- time delay is present f6).

The polar conversion results in a discrete impulse response hD

• nonuniformly spaced with an average interval of 1/(2f0) given by

N/2 k
— Z (-l) c~ 8(t - 2f 

- Atk) (7)
k—I 0

where k=2i (see figur e 3d) .

B. Tap Weight and Delay Measurements

1 
- SAW transducers are modeled as tapped delay lines with each

transducer element specified by a weight (SIlk) and a delay (tk
) (figure

1 1). If individual ta ps have a bandwidth much greater than the filter
L. ~

‘

bandwidth , the impulse response of an N/2 tap transducer is a series

I of impulses given by

[
- h(t) — ~ W, ~(t-t , ) (8)

k—I 
K K

L
- 

which has the same fo rm as the discrete impulse response. The polar

- t. discrete impulse response (7) is therefore useful for analysis of SAW

• - interdigital transducers because each sample is identifiable with a

transducer element . When the transfer function is measured ,

L
-



10 1 -
transformed , and processed in accordance with the preceed ing

discussion , the magnitude (_1 )kck and the time (k/2f0+ ~
tk) represent

the effective weight SIlk and delay tk of each element , respectively.

The TETAM (Transducer Effective Tap Amplitude Measurement) system

enables one to accurately calculate tap weights and delays by

measuring the amplitude and phase of the SAW transfer function at

intervals of 2f0/N , where N is the number of points in the data set,

typically 2048. As an example , figure 4 shows TETAM measurements of a

linear phase 2 MHz bandwidth filter built on ~ 20 nil untapered ST

quartz substrate with a designed center frequency of 100 MHz. Figures

4a and b are the measured amplitude and phase transfer functions. An

N—point discrete fourier transform of  these functions provides the

calculated impulse response sampled at 1/4f0 intervals. The resulting

a- imphase and quadratur e samples ( f igure 14c , expanded in figure 4d) are

converted to tap weights (figure U e ) and offset tap delay (f igur e 4f )

by an algorithm based on (3) and (6). The effective tap weight and

offset delay of each finger takes into account all second—order

effects such as fabrication errors, diffraction , nearest neighbor e

interactions, fringing , bulk waves , reflections , and regeneration.

t
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IV. TETA M 1MPLE~~NTAT ION

The TETAM system is implemented using a digital computer to

control the test process and to collect the discrete frequency domain

data (see figure 5). The interface traps the TETAM control characters

along with the values for the programmable attenuator and frequency

synthesizer. It also contains three AID converters which sample the

vector voltmeter magnitude and phase and the RF voltmeter magnitude

when commanded . The SAW device under test is buffered by two

amplifiers and the system is terminated in 50 ohms. The programmable

attenuator effectively replaces the vector voltmeter magnitude range

switch . The vector voltmeter unlock light signal is monitored before

each set of  meter readings to insure that its phase lock loop is

locked onto the correct frequency. A more detailed explanation is

contained in the appendix.

-

“

~~~

, I

I

L1~
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Transducer Effective Tap Amplitude Measurement
( TETAM ) 

_ _ _ _ _ _ _

L_ Interface 
_ _ _ _ _ _  

J- aj ~~~~~~~
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V . FREQUENCY RESPONSE C ORRE CT ION

A. Device

The TETAM data is used to redesign the device by predistorting

the tap weights to compensate for errors which are consistent from

device to device . The device selected for correction is an

unsymmetircal passband television intermediate frequency (IF) filter

implemented with imphase and quadrature samples in the form of double

electrodes ( see f igure 6a ,b ) .  The samples of figure 6b are not

similar to those of double electrodes because only the lower passband

is considered . This suppresses oversampling and associates one samole

with an electrode pair . The f i l ter  specificat ions dic tate precise

control of the tap weights inorder to place adjacent traps at the

correct frequencies. Two dual input devices (figure 7) have been

fabricated next to each other on the sam e 128 degree Lithium Niobate

substrate . The substrate back is grooved with a diamond saw at 45

degrees and absorber is placed at the ends to minimize bulk

reflections. No matching networks were used and the far input C

transducer/outout transducer combination (A—>C ) is used for the ‘

correction.

B. The Approach

The orig inal IF f i l ter  configuration overall transfer function

made use of the traps created by a 15 wavelength input transducer. To

minimize the passband contribution of the input transducer and to

evaluate errors in only the out put transducer , the bandwidth of’ the

input transducer is increased by deletion of taps (see figure 8)
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leaving three wavelengths .

The tota l transfer func t ion  of’ a device without  t ime delay is

given by

I H.r (w) = H . ( w )  . E~(w) • H (W) . E (w) (9)

while the transfer function between inputs is

H .~~
(w) = fH~ (w) • E~~(w ) J 2 (10)

where E(w) is the error transfer function of that transducer.

To isolate the contribution of’ the output transducer the total

I t ransfer func t ion  ( 9 )  must be deconvolved with the transfer function

[ of a single input transducer. This isolated input transducer transfer

funct ion is found by the auto.-deconvolution of’ the input—input

I t ransfer function , giving

I . H (w) E .(w) . H (w) . E (w )_ i 1 
- = H (w) E (w) (11)

F J [H~ (w) . E~~(w) ] 2

- 

- 

In the time domain this is equivalent to deconvolving the total

[ impulse response by a single input impulse response . The result

contains the output impulse response, its errors , and errors due to

the propagation of the s.irface acoustic wave.

1~ C. TETAM Data Measurement

- The TETAM progra m inout par ameters are set to ‘~easure frequency

I domain data from zero to twice the specified center frequency of the

device . This results in

- L/2 F = 1/4f 0 (12)
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giving one sample per double electrode. In the process of’

deconvolut ion the exper imental t ransfer  func t ion sampl ing rate is

careful ly adjusted so the two similar passbands fall on top of each

other . Without this consideration the decorwolution in the

transistion bands could reach large values when a large number is

divided by a small one. The center frequency cannot be determined by

the largest frequency domain value becaus e this is not a symmetrical

pa ssband . Therefore two points in the symmetrical section of’ the

passband ( — 6db) are selected , their frequencies summed and compared

with the theoretical —6db points by

* TI
~
O_6db ~~-6db~ 

= 55.325 + 59.313 
(56.760 + 60.635)

= 116.742 = Correct F (1.3)max

TETAM is run over zero to this more exac t F max for both the

input—input  ( A—>B )  and input—output  ( A — > C )  t ransfer funct ions .  It is

important to use a large number of frequency samples (ie.smal l ~f) to

give a suff iciently large time range (total time rang e = 1/sf’). This

insures that reflections off the crystal edges, triple transit echo or

other long time duration components are not aliased back into the tine

region of interest.

D. Experimental Input R iponse

The input—input  frequency data is transformed to the time domain

and t ime truncated over greater than twice the theoretical time

duration to isolate the contribution of the sur face wave. When I 
-

truncating before deconvolution a sufficient time range must be

—--- --.--- - — --- - - -- -— - ---
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retained in order to reconstruct an accurate representat ion , beca use

in the p rocess of ’ convolvin g two functions the resultant time range is

the sum of the original tine ranges (seA figure 9a).

The truncated input—input time data is t rans formed to the

frequency domain and time shifted to exactly t 0  (see appendix , Aphaz)

because the deconvolt ion is most easily performed about t ime zero

( fig ure ~c) .  To implenl ent the auto—de convolut ion process the square

root of the frequency domain magnitude is taken while the phase is

divided in half. In the case of the deconvolution to a sinc(x)

I 4 
function the phase is mostly zero and one must offset the experimental

phase by ri radians in alternating sideiobes (figure Od). This is
I’

accomplished by creating a theoretical sthc(x) function and using its

phase to modulate the experimental (figure 9e). After time truncation

to exactly the theoretical time duration the experimental SAW transfer

funct ion of’ a single input transducer at t=O results.

E. ~.zcput Experimental Response

The input—output frequency data is also time truncated over the

sum of’ the ouput and the input time durations and time shifted to t0 .

After deconvolution the data is t ime truncated again to the

theoretical +1— .6 ~sec duration , because only this range contains

taps which may be altered . Fig ure 10 is the surface acoustic wave

contribution of the isolated outout transducer In  its own environment ,

that is the experimentally derived tap weights.
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Figure 9. Auto deconvolution a) convolution , b) auto-deconvolution ,
c) transform pair with time de lay , d) transform pair at
t = O , e) auto-deconvolution , square root of magnitude ,
phase oE f s c t~~.
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F. Comparison with Theoretical

L F igur e 11 is a comparison of the experimental surface wave out put

transducer frequency responses to the specified response . Mote the

L large errors in the positioning of the adjacent traps . To isolate

these errors the two sets of experimental tap weights are individually

- compared with the theoretical tap weights in the time domain on a tap

by tap basis. Two errors that are not addressed in this study are

insertion loss and frequency scaling. The experimental insertion loss

[ is not zero , therefore inorder to have an accurate comparison (ie.

-. minimum error) the exper~menta1 weights must be scaled .

ERROR(t) = THEO(t) - BETA*EXP(t) (14)

L The scaling factor (BETA ) is calculated to minimize the contribution

of the theoretical weights in the error f i le  and is quickly found

using Newton ’ s method [7]. See appendix , Mine rr .

- The experimental device responses are not centered at the

( specified frequency. This frequency scaling error is best handled by

accurate photo—reduction procedures. An investigation into the

I accuracy of using the previously mentioned — 6db frequency points has ~‘
been undertaken. To implement this procedure the frecuency scaling

portion of the MINERR program is activated and a double convergence

11 (frequency and magnitude scaling) procedure takes place. See

appendix . The results have shown that the assumption of the —6db
IT

po ints being entirely in the symmetrical portion of the oassband is

quite accurate . The results of the MINERR analysis are shown in

figure 12a ,b and figure 13a ,b for each device.

I —
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This study is concerned with the isolation of a consistent error,

therefore the two time error files are averaged (figure 11~a,b) to give

their commo n error with respect to the theoretical . The difference

between the devices (figure 15) is a measure of inconsistency from

device to device and as such is unique to a specific device. That is,

an attempt to correct a response below this level would favor either

device, but not both . The analysis of a lar ger number of devices

would lower the inconsistency and produce a more accurate average

error file.

G. Consistent Error Equalized Response

Equation 1~ defines the method of adjusting or predistorting the

theoretical. tap weights. The new tap weights become the sum of the

error and the original theoretical files because only then can the

scaled experimental file be equal to the original theoretical tap

weights. Figure 16a is a plot of the new frequency response

superimposed on the original theoretical frequency response. Mote the

adjacent trap positions have moved out f rom the center of the pasaband ,. -

to correct for the original consistent error. This frequency

expansion is reflected in the time domain compression of figure 16b.

This marked compression suggests that the nearest neighbor effect has

increased the weight of these taps in the original device.

If two new devices are fabricated with the exact same steps and

variables as the original, but using the new tap weights , the results

are expected to d ccci resemble those of figure 17a ,b and figure

18a ,b. The new experimental frequency responses are very close to
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those of the specified response. Larger errors occur in the stop

- bands where the correction limit of figure 15 is dominant . These

expected results assume that the amount of error in the original

extracted error is much smaller than the original experimental error

itself, tha t is the measurement—analysis process error is much smaller

than the amoun t of error extracted .

S
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VI. CONCLUSION

Surface Acoustic Wave filters are implemented in the time domain

as the fourier transform of a specified frequency response.

Correcting a transducer tap weight array involves the isolation from

sources of error of an individual discrete impulse response where each

sample is directly associated with an electrode. Since the discrete

impulse response cannot be readily measured in the t ime domain because

of the broad bandwidth involved , a set of frequency domain data is

measured and then transformed into the time domain to provide the

discrete impulse response of the overall transfer function. The

sam pling rate must be set precisely at four times the center freauency

to accurately associate the discrete impulse response with the

transducer elements. The output transducer tap weight and delay data

is separated from the tota l response by deconvolution with the

previously auto—deconvolved input—input response. The output

transduc er data now takes into account first—order plus all higher

order isolated transducer responses such as regeneration , reflection ,

diffraction and bulk modes . The sampled data provides a convenient

format for separating the transducer response from other mod es in the

time domain.

It is desired to extract the time domain error without regard to

frequency- scaling or magnitude scaling (insertion loss) induced

errors. Two experimental output transducer discrete impulse responses

fr om devices fabricated on the same substrate are compared with the

theoretical tap weights and the resulting error responses are

averaged . This consistent average error is used to pre—distort the

~ 

— 
~~~~~~~~
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theoretical tap weights to produce a new set of tap weights which are

designed to com pensate for experimentally derived common additive

errors. The expected experimental response is found by predistoi cing

the already isolated output transducer responses.

Expected results are presented which show a marked improvement in

frequency response accuracy with respect to the specified response.

For the first time an experimental impulse response of an actual SAW

device has been used to correct the entire transducer array in a

straight forward manner.

4 -
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APPENDIX

A. TETAM

The measurement equipment (figure 5) is buffered by an interface

because each piece of equipment has different input—output

requirements and they cannot be addressed in the serial format of the

computer teletype line. The interface allows the selection of three

modes: 1) present the six address characters to the synthesizer , 2)

set the programmable attenuator and 3) read the meter values using

three AID converters. Each of these functions is addressed using a

non— printable control charac ter , so as not to clutter the terminal

screen .

TETAM program operation is as follows. First , initial values

such as sampling rate , percent of sampling bandwidth , FFT number ,

filename and center frequency are entered into the computer. The

interface is sent a control character which bypasses the term inal and

allows the interface to accept six characters which it sends in

parallel to the synthesizer to address its various functions.

Initially the synthesizer is programmed to the remote mod e, the output

is set at 0db and the starting frequency is entered . Second , the

programmable attenuator is initially- set to 60 db of attenuation using

two characters , the first of which is a control character. The vector

• voltmeter is manually set to 60 db of gain giving an overall

measurement system reference of 0db. A third control character starts

the read secuence. The three ~ 1/2 digit A/D converters sample the

meter output voltages for 1 mseo and after a 270 mseo conversion time

the values are present at the shift registers in the interface which
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send them serially as nine characters to the computer. There the

characters are converted to the three meter voltages which are scaled

and combined to give the amplitude gain and phase shift across the

device— amplifier combination.

The measur ement system is designed for very accurate data

aquisition with multiple constraints to be satified before a discrete

frequency response data point is recorded. Before the synthesizer is

commanded to step to the next frequency the program decides whether

the vector voltmeter amplitude value is within meter rang e (0 .2  to 1.0

vol t) .  If there was no programmable attenuator and the amplitude

range had been selected to not overload the meter during large

passband value s , the stopband values would be buried in the in strument

noise (—50 db). Also at low channel B signal level s the vector

voltmeter phase comparison circuit is unable to accurately operate. A -
•

programmable attenuator is used to change signal levels inorder to

optimize data accur acy. If the amplitude reading is too high (or too

low) the programmable attenuator is incremented one step (10 db) up

(or down) , thereby automating the front pane]. vector voltmeter level

r ange switch . t -

-

The vector vol tmeter limits the accuracy and speed of the

measur ement system. Tests of the vector voltmeter search time have

been mad e to optimize the read ing sequence. The accuracy of the

amplitude gain and phase shift across the device— amolifier combination

limits the resolving power o f the time domain analysis because the

smallest time dom a in value s are equal to the accuracy to which the

freq uency data was taken . The vector voltmeter uses a limited range
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frequency sweep in conjuction with a phase lock loop to find and lock

onto the frequency of interest . The meter was designed to follow a

continuously varying frequency at a rate of 1 MHz sweep per second .

In this application where the frequency synthesizer steps from one

fr equency to the next , the effective sweep rate approaches 100 MHz per

second and the voltmeter briefly unloc ks at each frequency change.

Tests have shown that the phase lock loop has the least search time

when the synthesizer frequency is stepped in an increasing manner.

The average lock—in time is approximately 10 msec , but it is also

possible for the vector voltmeter to unloc k for no apparent reason at

any time and for a random length of t ime . The combination of these
- - 

- 
• factors precludes the use of an Interface circuit which samples the

vector voltmeter search (unlock) signal before allowing a read to

occur . The oommand to read the meter values comes 10 mseo after the

fr equency is changed inorder to allow for the average 10 msec lock in

time . The interface than samples the search line for 100 msec to

allow all transients to die out . If the lin e has gone high during

this period , the 100 msec sample restarts . If the line stays low , the

AID conversion is initiated . The vector voltmeter recorder outputs

contain a 20 my , 60 hz ripple (out of 1 volt do sax ) which has been

filtered with RC networks whose tIme constants are 30 msec. To

further increase accuracy in crit ical sections of the frequency

response ( above —~O db insertion loss) two readings at a specified

frequency are averaged .
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B. MINERR

The minimum error progra m uses Newton ’s method to minimize the

difference of the theoretical and experimental tap weights for two

scaling factors . Magnitud e scaling is deleted by weighting an

ex per imental t ime dom ain data point by BETA and subtracting this

product from the corresponding theoretical point. This error is then

weighted by the theoretical time value and summed over the entire

array. The theoretical weighting emphasizes the minimization of

errors in the most important time regions. The sum of these

theoretical weighted differences (WERE is minimiz ed by adj usting

BETA , thereby producing an error file that has zero correlation with

the theoretical.

ERR = THEO — BETA x EXP (B-I)

WERR ERR x THEO (B-2)

The test s on frequency scaling error are carried out by freauency

scaling the theoretical frequency response . This is done in the

frequency domain by re-sampling the complex data using linear

interpolation between data points. The previous minimum error steps

are applied , only this time the weighted frequency scaling error is

the absolute value of
ERR ‘C THEO (B-3) ¶

where THEO has been frequency scaled . This essentially minimizes the

“area” between the complex frequency responses. Finally the data is

magnitude minimum errored giving an error file free of frequency and

magnitude scaling factors.
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C. APHA Z

The automatic time shifting program “straightens out” the

fr equency domain phase by subtracting a calculated phase slope and

offset , thereby t ime shi f t ing the data to time zero while maximizing

the inphase component.

Initially the —3db points of the magnitude array are found . Over

this range the phase array is fit with a least squares curve [8]

- 
$ producing the slope and offset values. The slope is simply the time

delay and is subtracted out with the offset neglected . This process

is continued until the slope is less than 1% of a delta t and then the

-I offset is subtracted . Note , the phase is converted from modulo 2~ to

linear before processing .

D. AD

The auto—deconvolution program is used to extract  the frequency

response of a single input transducer. When two non—apodized impulse

responses are convolved their frequency domain magnitudes are

multiplied and phases summed . In the case of two identical

non—apodized transducers a single frequency domain magnitude is

squared whil e the phase is theoretically zero. The phase data is lost

because the sinc (x) function phase is either zero or p1 ar.d when

summed produces zero or 2 i~ which after a modulo 2 TT operation

U ,

results in a constant zero phase. To recover this phase information a
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- f theoretical sinc(x) phase array is created arid subtracted from the

experimental phase array .

H. DECON

- The deconvolution program separates the output transducer impulse

response from the total devic e response by dividin g the magnitude

frequency domain arrays and subtracting the phase arrays .

- . OUT = EXP * IN (E-1)

The denominator array is magnitude normalized to keep the final data

values within the original range.

p
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