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ABSTRACT

i P,

Regearch into and the development of instru-
mentation for the investigation of factors
affecting the gquality of voceded speech are
documented. The work reported was specifically

1 concerned with developing a better understanding
4 of the role of the vecal source in the production
{ both of synthetic speech and of natural speech.
The design of and operating inagtructions for the ¢
VOTIF vocal track inverse filter - built as part
of the program - are presented. A theoretical

3 determination of the interaction between the

: vocal source and vocoder channel filters has
been made and the effect of spectrum flattening
on the peak factor and power of a vocoder channel
have been computed, Lastly, the pulsed excita-

1 tion of rescnances is discussed. A form of

3 pitch jitter which could either maximize wvocal

1 output or minimize vocal tract impedance effects
is reported on.
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FOREWCRD

This report describes researcﬁ and instrumentation
development activities undertaken by SIGNATRON, Inc. of
Lexington, Massachusetts to investigate factors in both
natural and synthetic speech which could influence the
quality of vocoded speech. These activities were carried
out under Contract No. F19628-67-C-0292, beginning April
15, 1967 and ending May 7, 1969. The monitor of the
contract was Mr., Caldwell P. Smith, CRBS, Bir Force
Cambridge Research Laboratories at Bedford. Maesachusetts.
Dr, Thomas H. Crystal of SIGNATRON was project director andg

principal investigator.

Many people other than the author of this report
contributed to this program. Charles L, Jackson and
Yogindiran Amarasingham participated in the assembly and
testing of the VOTIF vocal track inverse filter. Donald S.
Arnstein participated in the calculation of the effects of
pitch jitter. The staff of Design Automation of Lexington,
Massachusetts (through a subcontract) designed and constructed
the VOTIF filtering units to SIGNATRON specifications. They
also prepared the appendix to this report in which the design
and operation of the filtering units is described.
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I. INTRODUCTION

This document reports on research and development done to
investigate factors affecting the guality of vocoded speech.
The work reported on was specifically concerned with developing
a better understanding of the role of the vocal source in both
the production of natural and the production of synthetic speech.
The major part of the work was the development of ins.rumentation
for performing experimental work in this area. Some theoretical
investigations were also carried out,

1.1 VOTIF Instrumentation

The ipstrumentation developed has been designated as VOTIF
for Vocal Tract Inverse Filter. WYOTIF consists of a multi-unit
analog filtering instrument and associated display and monitoring
equipment. The filtering instrument is a cascade of units of two
types. Null or anti-resonances are used to cancel vocal tract
resonances or formants. A resonance is used to cancel the vocal
tract anti-resonance introduced with an additional resonance, by
coupling of the oral cavity with the nasal cavity.

VOTIF presently contains five operatiomnally identical null
units and one resonance unit. The frequencies and bandwidths of
each unit are adjustable over the range shown in Figure 1.1. Both
the frequency and the bandwidth of each unit may be set to a
precision of within 0.5% of the frequency value. The readings
obtained are within #2% and +10% of the actual frequency and
bandwidth, respectively. Over a frequency from 100 Hz to 10 kHz,
the transfer function is accurate to within £0.25 dB of magnitude
and $0.10 miliiseconds of delay. Full specifications and operat-
ing instructions for the filtering units are given in Appendix A
of this report. These specifications, which were developed by
SIGNATRON, are discussed in Section II, The display and wmonitoring
equipment consists of a dual trace oscilloscope, a camera for the
oscilloscope 2nd a multi-function meter for checking signal levels,

power supply levels and circuit resistance.
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- e e = A ——— 7 2 A e i e R Y e A e i s T 7 o i -

Y

v o




P N s el

TR BT DIy e

Hz?

K = = e o e e e e o e i s e e o e e -——7 ~~~~~ l

; &

g

BwW =

2

p o

1 et e D e Aty Tr

° l

Tuning ©

o

Range S

x

L

100 = - 3

62.5 [P G = S et B w— S G T AR G SVRD G GIND LI GRS EED SN SN e ACEL} SANS GRS ©F, g
1 1 1 .
2020 100 1K 1.6K 5K 10K Hz
‘n—— f Low Ronqe—-l f High Ronge ‘J f

po— Oparating Signal Ronge

FiG. 1-1 TUNING RANGE OF FREQUENCY AND BANDWIOTH
CONTROL SETTINGS

SIGNATRON®




Bitkaadcri i At et

Ll

1.2 Theoretical Investigations

The theoretical researches done under this program all fall
into the general area of Sourre-System Interaction. Such inter-
action exists both in the human and in synthetic speech systems.
In synthetic speech gystems 1t may exist in either or both the
analyzer and the synthesizexz. By source we refer to the vocal
cords, irn the human, or pilch generator; in a synthesizer (hiss
excitation is not being considered)., By system, we refer to the
spectrum~-shaping part of tne production system. 1In the human,
this is the vocal tract; in the synthesizer, the variable gain
filters or the adjustable resonators. For convenience we will as-
sume that the effect of glottal pulse shape is »jart of the
system,

Previous consideration cf source-system interaction has led
to the improvement of channel vocoder speech through spectrum
flattening,t> debates on the origin of the residual ripple in inverse
filtered speech,and to theoretical consideration of vocal source fre-
guency optimized according to the tuning of the vocal tract (House,
5.9%9). This program's consideration of source-system interaction
was made in two areas. First, we considered source-system inter-
action ir the channel vocoder. Secondly, we considered the excita-

tion of resonators by periodic pulses.

1.2.1 Source-System Interaction in Channel Voocoders

Source system interaction in the channel vocwder results be-—
cause the energy in any one of the analysis or synthesis bands is
a function of the pitch frequency and pulse shape as well as the
transfer function of the vocal tract. According to standard vo-
coder design techniques, this interaction is accepted in ths
analysis ard compensated for in the synthesis by spectrum flatten-
ing. This procedure appears to vork very well but is open to some
questioning on theoretical grounds. The results of cur investiga-
tions indicate that this compensation procedure should not generally
be criticized Yecause the order of the measured errors appear suf~
ficiently low. Nevertheless we feel the questions discussed below
were worth asking.
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The first question relates to the digital encoding of the
measured channel outputs of the analyzer. This encouding involves
quantization of the analog measurements and in more gophisticated
systems such as pattern matching vocoders — statistical reducticn
on the patterns. The question thus arises as to whether the
quantization of spectrum information, as affected by pitch rate
information which is also tranamitted independently, seriously
degrades the digital specification of the system information. 1In
other words, would the gquantization and transmission bensfit from
removal of the pitch rate information. For the pattern matching
vocoder, we might also inquire if the pitch rate iaformacion; which
is .superimposed on the system information, appreciably increzases
the number of patterns which must be processed. 1In an attempt to
clarify the guestion, the first part of Secticn 3 presents a deter-
mination of the amount of interaction. 1In terms of the 4 dB quant-
ization steps commonly used in vocoder measurements, the effect
appears not to be too serious, but such a determination is mcre
properly made from actual trisls rather than the theoretical con-
siderations presented here., A doubt about this conclusion persists
hecause, if the pitch rate were actually to have no effect on the
analysis, spectrum flattening woulid not be needed at the synthesizer.

The second question raised pertains to the effect, on the
synthesized speech waveform, of the spectrum flattening methcd
commonly used. This method is the infinite clipping of the source
signal after it has been filtered by one of a pair of chanrel fil-
ters for the channel. From theoretical considerations, it will be
ghown that this approach, in the worst case calculated. corrects
the spectrum to within 2.5 dB of the desired power level. This
is the expected effect of spectrum flattering. Less appreciated
is the fact that spectrum flattening does not seriously distort
the peak-factor of the signal. As will be shown below, the worst
case calculated displays a peak-factor error of less than 2 dB.

1.2.2 Pulsing of Resonators

As noted above, a second consideration in the area of zource-
system interaction is that of pulsed excitation of resonances. There

SIGNATRON® 1-4
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is interaction in the sense that the amplitude of the resonator
output can be optimized by proper selection of the pulse rate so
that harmonics fall at the maximum of the resonance tuning curve.
This phenomenon may be observed not only in the frequency dowmain
but by calculations based on rotating vectors. We present these
methods in Saection 4.

An interesting extension of the above theory and observations
gives a possible explanation of alternate period jitter in pitch
periods. This phenomenon of alternately long and short pitch
periods has been observed by Lieberman (1961) to occur in about
40% of vocalizations and has also been noted by Smith (1968) in
selected data. As is explained in Section 4, the very occurrence
of alterunate period jitter doubles the number of spectral compo-
nents. thus increasing the chance that a component will fall on or
near the peak of the resonance tuning curve. The amount of the
jitter can then be used to accentuate the specific component nearest
the peak. That this is the controling factor in actual pitch jitter
7S a matter of hypothesis. The theory, however, leads to fermulas
for the calculation of jitter as a function of pitch and formant

frequency ané thus provides a basis for subsequent verification.

The topic of vocal energy optimization bears some discussion.
The suggestion that this may actually occur implies the existence,
as part of the human speech production system, of a measurement
and control mechanism for sensing and improving vocal efficiency.
While this may seem improbable on a neurological basis it could
occur on a physical basis. Physical systems tend to operate in
modes which minimize certain types of energy. As a coupled physical
system, the larynx and the voccal tract could function in this mat-
ter. On the other hand, thz maxima of vocal tract transmission are
also maxima of vocal tract impedance. The result is a tendency of
the vocal tract to resist being driven at rates producing components
falling on the resonances (Crystal, 1966). Simple modification of
the jitter formulas can lead to determination of amounts of jitter
which reduce a component which would otherwise occur at a resonance.

SIGNATROND




A third facet of the program described by this final report
was the intended computer simulation of a modsl of the Vocal
Response Synthesizer (VRS) vccoder synthesizer. This facet of the
program was discontinuad when it appeared more advantagesus to
3evote precgram resources to the other areas,
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II. INVERSE FILTERING WITH VOTIF

2.1 Background

The concept of inverse filtering is a natursl conszeguence
of the acoustic theory of speech production (Fent, 196¢), The theory
of production describes the vocal tract as a mechanism for per-
forming linear, minimum phase, acoustic filtering of the air flow
through the glottis. The filter is characterized by having an
infinite numter of poles or rescnances located, on the average,
at the odd harmonics of 500 Hz. 1In general, during vocalization,
only the first three or four of these resocnances are excited,
with an extra pole and stable zero (anti-resonance) entering
into the filter during the production of nasal sounds. A natural
consequence of this theory is that each significant pole may be
canceled with a zero (or anti-reson or null) of the same fregquency
and bandwidth. Likewise, the zero may be cancelied by a pole.
One verification and application of acoustic theory of speech
production is the successful construction and use of inverse
filters by other researchers [Mathews, et.al. (1961), Holmes (1962)
and Lingvist (1964 and 1965)],

YOTIF was built to provide the Digital Speech Branch of
AFCRL with the equipment to study vocal source characteristics
for their possible effect on voccded speech gquality. In building
this equipment we sought to utilize the latest in solid state
technclogy, be able to handle wide-band speech, permit the use
of direct-reading linear controls and give ease of calibration,
The specific design considerations., circuitry and operating
instructions for the filters appear as Appencix A to this report.

2.2 Design Considerations

2.2.1 Performance Specifications

The target specifications, which were often exceeded in the

instrument itself, were derived from considerations of both the human
speech production and hearing mechanisms as previously characterized

SIGNATRON®
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by other researchers.

l.

SIGNATRON®

Tuning Range

Tuning range is presented in Figure 1.1. The lower
bound on the frequency is one ¢ited by Flanagan
(1965) as a design criterion for formant voccders
and is a little over half thz lowest formant fre-
quency (190 Hz) measured by Peterson and Barney
(1952). The upper limit of the tuning range will
permit matches to most fourth formants and provide
for a sharp glottal pulse,

Precisionrn ang Accuracy

Tre critericn for choosing the precision is that the
ad justed values of frequency and bandwidth must
approach the target values closely enough so that the
ripple remaining from incomplete cancellation will
not gseriously distort the waveform of the glottal
pulse. 1In this case the ripple was evaluated by
loocking at the area undz2r the maximum lobe cf the
ripple and saying that this area should not exceed
2.5% of the area of the desired response. This ripple
is ~btained by first finding the Laplace transform

of the combined transmission of resonance and null

H{s)-P(s) = §s+b+€)2 + (a+6)2

G(s) =
(s+b)2 + a2
2¢(s+b) + 26°a ez + 62
=1+ 7. 2 7, .2
(s+b)}“ + a (s+k)° + a
where

error in adjusting bandwidth (radian)
8

error in adjusting frequency (radia.:)

For small ¢ and & the last term is negligible and we
have for the impulse response

glt) = uo(t) + e"bt{ze*cos at + 26&-sin at!}

Looking at just one lobe of the sinewave, we zee

i i =
that the area under it is 48/a. For emax émax the

maximum area under a lobe is 5.78/a. Allowing a
maximum allowable one-lcbe area of .025 (the impulse
has unit area), we get the relationship

2-2
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3 & ,025

or

hax - 6max = ,005 a

From this it can be seen that the required frequency
precision is i/2% of measured value.

hcocuracy requirements reflect how ciosely we wish
to know the: true parameters for the resonance.
Suitable criteria appear to be the DL's for for-
mant frequencies and bandwidths as reported by
Flanagan (1965, pp. 212-213) in discussing his own
(Flanagan, 1955) and Stevens' (1952) experiments.
Frequency DL's of 3 to 5 percent and bandwidth
DL's of 20 to 40 percent are just discriminable.

Operating Range and Characteristics

The maximum frequency of 10 kc¢ was chosen so that
there would be ample resolution for extracting timing
information from the glottal signal. Lieberman
(1961) has noted interesting larynageal behaviour
which produces timing shifts in the glottal pulse

of the order of tens of milliseconds.

The lower bound is chosen such that there will be a
stable base~line cver several pitch pericds yet the
complexities of going to DC operation will be avoided.

The delay criteria was chosen so as %o preserve tim-
ing information as discussed above.

The amplitude criteria was chosen so that observed
amplitudes in unsupressed components, such as the
one due to larynx-vocal tract interaction, will ba
accurate to approximately 3%.

Gain

In modeling the vocal tract as an acoustic system,
one notes that its transmission at DC is unity.
Thus, its inverse should also have the capability
of being adjusted to unity transmission at DC,

Signal-to-Noise Ratio

Chousen to match performance characteristics of
other audio equipment and@ be reasonable in terms of
the technology utilized.

STIGNATRON®
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2.2.2 Other Design Considerations

An i1mportant consideration in the design of VOTIF waas the
use of resistive controls. In the present circuitry this gives
the precision and accuracy of adjustment desired and allows for
adjustment and calibration by appropriate resistive trimming.
The use of resistors also has implications for extending the
capability of VOTIF. One extension is to provide for automatic
recording of the frequency and bandwidth settings. This can
ke achieved either bymoinentary switching of an adjustment re-
sistor from the filtering circuit to a measuring circuit or by
adding a third gang to each pot for continuous cénnechon to the
measuring circuit. For automatic ad justment of the filtering
circuits, the potentiometers could be replaced by digital atten-
uators. These attenuators are merely D-to-A converters in which
the constart reference source has been replaced by the signal to
be attenuated.

A design objective which was rejected after careful consideira-
tion was the implementation of units that couid be switched
between null and resonance behavior, Considered for implementa-
tion was the use of cne type of circuit either éirectly or in a
feedback loop, to get its inverse, The strict constraints on
phase over the wide bandwidth of the instrumentation obviated
this approach. Hence, two separate types of units were designed
and built,

2.3 Use of VOTIF

2.3.1 Planned Use on Speech

The use of VOTIF on natural speech requires the implementa-
tion of a distortion-free means for repeating short segments of
the signal to be analyzed. The segments should be several pitch
periods in length so that any initial transients may die out.
However, the segments should be snort enough so that the repetition
rate is adequate. An adequate repetition rate will permit close
coordination of filter adjustment and observation of the effect

SIGNATRON®
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of the adjustment,

Cne would alsoc like to avoid flicker but

this is not generally obtainable with low pitch signals.
sides reproducing the speec:. signal, the repetition instrumenta-
ticn should provide signals for jitter-free triggering of the

display.
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Two means for implementing the desired signal repro-

ducing instrumentation are discussed in the following.
was implemented nor tested as part of the work performed. Rather,
VOTIF was tested with synthetic signals.

Previous applications of the inverse filters have utilized

FM tape reproducers for repetitive presentation of the signal
to be analyzed (Lindquist, 1964).
be, because the FM techniques preserve waveform whereas AM tech-

FM is used where AM cannot

niques introduce appreciable phase distortion in order tc preserve

relatively flat amplitude vs frequency characteristics.
recording techniques do however possess the drawback that the

mechanical design requires tape loops of lengths which keep the

repitition rate low.

In addition, there would be problems in-

dexing through lcng signals so as to give an analysis of many

consecutive periods of a long vocalization.

There also is a

guestion of the stability of the recording tape and the reproduced

signal from period vo period.

An alternative approach is to use a digitally stored repre~

sentation of the signal to he analzed.

Repetitive D-to-A conver-

sion is performed to obtain the analog signal for analysis.
When the digital signal has been obtained directly or from an
FM recording, the requirement for a phase--distortion-free signal
is met,

Long utterances recorded on digital tape or disk may

be easily indexed to provide continuous analysis and the actual

segment length repeated can be chosen to optimize the analysis.

At a 10 kHz sampling rate, only 1000 storage locations are

needed to provide a tenth of a second segment, which would

provide at least two full pitch periods of a pitch having as

low a frequency as 50 Hz.

With the present general availability

of digital hardware, this approach is highly advisable.

SIGNATRON®
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2.3.2 Use of VOTIF on Synthetic Signals

To demonstrate the use of VOTIF in processing signals, two
types of experiments were run. In the first, the cascade of a
VOTIF resonance and a VOTIF null were excited by a pulse generator,
to demonstrate the inverse characteristics of these two types
of networks, In the second experiment, a synthetic two-formant
vowel was analyzed.

The results of the experiment with the paired VOTIF resonance
and VOTIF anti-resonance are illustrated in the three photographs
of Figure 2.1. These photographs show the VOTIF input and output
for three different conditions. 1In all pictures the bottom
cscilloscope trace is the pulse generator input signal to the
system; the top, the processed signal. The pulses come from a
General Radio Model 1340 generator and are 1 msec wide ard occur
at a rate of 100 pps.

In the top photograph (Fig. 2,la) only the rescnarnce unit
is in the circuit. It is set for a frequency of 3600 Hz and a
bandwidth of 665 Hz. In Fig. 2.1b, the null has been switched
into the cascade following the resonance. The null is set to
F = 3350 and BW = 675, giving only partial cancellation due to
the frequency mistuning of 7%.

In Fig. 2.1lc, the resonance has been tctally cancelled with
the null set to F = 3650 and BW = 675, The null settings differ
from the resonance settings by about 1.5% in both frequency and
randwidth. This is well within the design specifications. There
is slight overshoot at the edges of the pulse due to incomplete
cancellation for the very large derivatives'occurring at these
edges. The system noise tends to widen the oscilloscope trace.

In the second experiment,a two formant synthetic vowel
sound was analyzed using null unitsonly, The signal was generated
by a Bell System Science Experiment No. 3, speech synthesizer and

the above-referenced pulse generator.

SIGNATRON®
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The synthesizer utilizes RLC tuned circuits to simuiate the for-
mants. An external pulse generator was used. for the perliodic source.
Low pass filters were used at both the input and at the output of
the cascaded nulls, to help reduce noise. The results of the
experiment are illustrated in the three photographs of Figure 2.2,

In all pictures, the bottom trace is the unprocessed signal., The
repetition rate is 100 pps,

In Fig, 2,2a we shcw the effect of removing the first formant
at F = 695 and BW = 150. What remains is the damped exponential
for the second formant., In Fig. 2.2b, we show the effect of
cancelling the second formant at F 1440 and BW = 740, What re-
mains in this case is the first formant. The similarity of the

second formant to the unprocessed signal indicates the weakness of
the second formant produced by the synthesizer,

Figure 2,2c illustrates the cancellation of both formants,
The resulting pulse represents the original source pulse as modi-
fied by the amplifiers and low-pass filterg., Unlike natusral sgpeech,
the synthetic source is a sharp-edge pulse of short duration and
when rederived by inverse filtering exhibits spike type overshoot
as discussed in the previous experiment, The noise in the inverse
filtered signal is high frequency synthesizer and amplifier noise,
amplified by the rising gain-frequency characteristics of the nulls.,
The noise may appear to be sinusoidal because of a transfer func-
tion peak around 18 kHz caused by the intersection of the rising
null gain with the 18 kHz low-pass filter in the null output stage.
It should be noted that in adjusting the filter units it is impor-
tant not to overload the internal circuits of each filter. The
test points described in the appendix are par+icularly useful for
monitoring for overlouad,
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III. SOURCE SYSTEM INTERACTION IN THE CHANNEL VOCODER

Source-syste. interactlion in the channel vocoder is the effect
of the repetition rate of the source on the output of the channel
filters, As Lhere are channel filters in both the anélyzer and the

. syntheslizer portion of the vocoder it wmay occur in both, 1In the
analyzer the interaction would be that ketween the human vocal
source and the analyzing filters, In the synthesizer, it is that
between the synthesizer buzz scurce and the synthesis fiiters,

If this interaction were to take place in both the analyzer
and tne synthesizer it would distort the spectrum of the synethesized
speech. It must, therefore, be compensated during either analysis
or synthegis, In psesently used vocoder techniques,it is compensated
in the synthesizer by spectrum flattening, This means that the

PRSP

channel signals transmitted from analyzer to synthesizer carry some ¢
unnecessary information about the pitch rate. To give an indica-

TTNTRITIIYCT

tion of the amount of the source-system interaction component in
the channel signals and the needed amount of correction at the
synthesizer, the following section presents a calculation of this
component. The section after next discusses the effect of spectrum

(Ric it aaiiiritis

flattening on the resulting synthesized signal in terms of both the
degree of normalization of power and the modification of signal
peak factor.

il C s

3.1 The Effect of Pitch Rate on Channel Filter Output

: The effect of pitch rate on channel filter output is a function
;3 of the number of components passing through a particular filter ani

! the expected number. For a pulse rate of W, radians/second we would

i expect a filter of Q radians bandwidth to pass O/u;o components, which
is not necessarily integer. However, the actual number of components
nassed must be an integer and is given by

rLU--: - '{,—‘

N = “H - — 3.1
L F (3.1)
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where W, and w, are the upper and lower limits of the passband,
respectively. They are related by

0 = (i)u-wL {3.2)
From these formulas we see that N is bounded as follows:

IN-—£1| <1 (3.3)
O

The absolute difference between N and Q/wo may actually approach
arbitrarily close to 1.

If we consider that the interaction is the ratio of the actual
signal power passed by the filter to the expected signul power and
that each component adds one unit of power we would get

e~ U -

o .
= L N—2 3
I35 = 10 loglo L.NQ.J (2.4)
From Eq. (3.3) we get a bound on I

N /N
10 logyy (ﬁIT) = Igp £10 10934 \FIT) (3.5)

The upper bound does nct exist for N=l1.

The possible range of I for various small values of N is given
in Table 3.1. The values of N represented in the table are typical
for the number of components that fall irn the various channel bands
in vocoders.

The interaction for N from 1 to 3 is of the order of the quan-
tum step used in quantizing the vocoder analyser output. This indi-
cates that different pitches could result in more than one pattern of
digits for a given articulation of a particular speaker. The inter-
actior may also be interpreted as the error which exists if spectrum
flattening or some similar form of compensation is not used in a

vocoder system. That this error is appreciable can be demonstrated
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ky the subjective improvements obtained by using spectrum flattening.
Both effects of this type of interaction are increased by the
dynamics of changling pitch. Thus changes ¢f the order of the ranges
listed in the table halow would cccur every time a pitch change
caused a component to meve from one band to an adjaceﬁt one.

Table 3-1

VARIATION OF FILTER OUTPUT INTENSITY
FROM EXPECTED VALUE AS A FUNCTION OF
THE NUMBER OF COMPONENTS PASSED

N Imin Imax, Range
(aB) (dB) (aB)

1 -3,0 - -

2 -108 3.0 4.8

3 -1.2 1.8 2.0

4 0.9 1.2 2.1

SIGNATRON®
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3.2 The Effect of Spectrum Flattening on the Synthesired Signal

Spectrum flattening as performed in channel vocoder synthe-
sizers is achleved by distorting the waveform of the signal., 1In
analyzing spectrum flattening, one should investigate the effect
of the flattening on the shape of waveform as well as on the
power of the waveform., In the following, we examine peak factor -~
the ratio of peak signal to sigpal power -~ as an indicator of the
effect on the waveform,

A model of a single channel of a vocoder is shown in Fig,
3.1, The two bandpass filters are identical, with the result
that the same fregusncy components appear at hoth QD and
C). but with their strengths changed, Due to the action of the
infinite clipper many more components appear at » The power
at 69 is one because the signal there is always either +1 or -1,
Bectause some of the components contributing to this power do not
pass through BPFZ, the power at () ig actually lower txan the tar-
get value of unity,

For a constant frequency impulse source and ideal bandpass
filters the signal at A is

. sin (N E%E
Splt) = S cos Wt (3.6)
sin N
where N = number of components paased by the filter,
w, = radian pulsing frequency i.e., difference in frequency
betweer adjacent components, and
wg, = is the center frequency of the passed components.

When the number of components N is cdd,wc is the frequency of the
center component. When N is even, w, is the average of the two
innarmost components,

Because of the even symmetry, the peak-signal occurs for t = O
and has a value N, which is actually the sum of the N egual amplitude

SIGNATRON®
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components, The total power is N timesthe power in a single com-
ponent, this power being normalized to one., Thus the peak factor,
defined as

2
PF = 10 log,, (g§%§E> (3.7)

is 10 log,, N

Because the signal symmetry is maintained during the clipping
operation and subsequent filtering, the peak signal wvalue con-
tinues to be the sum of the individual component amplitudes, The
power is the sum of the sguares of these ampli: des, giving

)
= ;8
PF = 10 log,q [ Ecz (3.8)

where c, is an individual component amplitude,

To obtain the value of the components we analyze sgn [S,(t)],

ae given by Eq. (3.6), st each of the components, We define
ggn {*} as

1 for x>0 .
ggn {x} =(0 for x = 0 (3.9)
~1 for x < 0

The strength of the component is

I { r31n< )ﬂ

cos(ne)} {cos(ne) sgnlcos(prs)]} a6
sin(z)‘

-TT
N6
i in("'—)
;‘é%. J {sgn[:——~3%—:¥1n(ﬁe)} {sin(p8) sgnlcos(rB)]} 4e
- sin(g (3.10)
SIGNATRON®
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where 6 = wot
- >
p T 21
n for N odd
b =
l%§9 for N even

The magnitude of the index of ¢ indicates the distance of the com-
ponent being evaluated from wc,the center frequency of the components,
The sign indicates whether the component is lower or higher than the

center.

For p >> N, we can replace the second terms in each integral
of Fq.(3.10) by their averages which are %-anc 0, for the rirst and
gecond integrals, respectively. Thus, for large p, the strength of
components eguidistant from w, would be egqual, This is to be ex-
pected because letting p >> N i3 eguivalent to saying that the center
frequency of the passband is much higher than its bandwidth and non-
linear distortion does not cause interaction between symmetrical

components,

The evaluation of the integrals of (3.10) is accomplished by
piece-wise sunming integrals of that portion of the argument where
the sgn {+} functions in the integrai do not change sign, Because
of symmetry, it is necessary to integrate only from 0 to m, This

allows the reduction

) ,
sgn Eiggggg?zj - 8gn [sin (%g)] (3.11)
2

Thus Eq. (3,10)reduces to

9
1 4 i+1 a
c, = ﬁ,f SGN(8,") J cos (n6) cos {pB) 4e
%
-1z sente,’) _[6“1 sin (A8) sin {(P6) ab
T 1 i (3,12)
8y
®
SIGNATRON
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where

SGN(6) = sgn [sin %g] sgn [cos (p6)]

and where the 4, 's define points of change of SGN(8) for 0 < 8 £ T,

The integrals in ®q. 3.12) have the values

gin [(p - ﬁ)e] + S_il"_.[_(.e_l"_é)_elgp = ﬁ

j cos {n6) cos (pH) Ao

2(p - A} 2(p + n)
%_'_ 811’12‘2992 , p = ﬁ
p
(3.13a)
f sin (ﬁe) sin (pe) 39 = sin L.(P =“nlﬁ_l - gin [(p +An)6],p = ﬁ
2(p - n) 2(p + n)
8 sin §2992 0 = A
— e N -— n
2 20
(3.13b)

Thus the evaluation of the component strengths can be reduced to a
summation which can be performed on a computer, The computer can
also be programmed to determine the Bi's.

We now consider calculation of the limiting case of P = « to
derive formulas which not only give us additional feeling for the
mathematics but algoc provide a means for checking calculations per-
formed according to the above equations., As above,we inteyrate
from O to 7 and reduce the second term of the integral to the con-
stant 2 This gives

T
= [ l Né l ( )
= L EOASE A 3.14
c, 3 sgn | sin (2 ) cos (nb) ae
°

This is further reduced to a summation by the piece-wise integration
methods described above. This gives

SIGNATRON®
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2 T =
b for N =1
%~ Bl 2(k+1)m N
2z (0F[ N cos (A8) a0 + (-1)2 [ cos (A6) 4B
T k=0 2K ),
L N 2

for Nz_ 2 (3.15)
where [x] = integer value of x.

The integrals may be reduced using

20N &l for i = 0
I cos (AR) 46 = R - (3.16)
2§n l-{sin [ankglzﬁ] _ sin [2n§W]}

ﬁ

for n £ 0O

Which leads to aneasily implemented computational procedure,

The results of the computations cutlined above are shown in
Figs. (3.2 and 3.3). In Fig, (3,2) is shown the power in the com-
ponentg after spectrum flattening, for various values of ,. We
can see that the spectrum flattening achieves its objective to
within 2,5 dB. As noted above, the power output is legs than 0 4B
because the bandpass filter after the clipper removes some of the
components which contributed to the 0 4B power level at the output
of the clipper.

In Fig, (3.3), the peak factor of the channel output signals
is shown, In this case the computed peak factor is within 2 dB of
the peak factor obtained without clipping. The conclusion to be
drawn ig that spectrum flattening, as modeled above, is an effective
way of dealing with source-system interaction in channel voroders.,
This acceptance is conditioned on there being no source-system
interaction distortion in the enccding process, as discussed above,

SIGHNATRON®
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FIG. 3-3 EFFECT OF SPECTRUM FLATTENING ON PEAK FACTOR.
p is the ratio of center frequency to fundamental frequency.

SIGNATRON®

e N A e o ) w o




i La ittt

TRV R

Lor by

" AN R o e s

IVv. PULSING OF RESONATORS

Our interest in the periodic or guasi-periodic impulsing of a
harmonic oscillator or resonator derives from its simlilarity to the
vowel production process. For most vowels, the first formant dom-
inates the gernerated signal, Hence, we mayhope to obtain interesting
results from the study of a single oscillator. 1In actual speaech
production the oscillation appears to derive its excitation from a
single discontinuity in the glottal pulse., This discontinuity can
be replaced by an impulse if the resulting amplitude is scaled by
the appropriate power of the frequency of oscillation and the phase
is shifted by a multiple of 7/2 radians. The power to which the
frequency is raised and themultiplier of the phase shift is equal
to the order of the discontinuitv. In the discussion which fcl-
lows, this compensation o7 amplitude and phase is unimportant.

In what follows, we exarine how the amplitude of the oscilla-
tion varies as a function of the relationship between the pulse
rate and the oscillator frequency. In a second section, we ex-
plain how appropriate alternation of short and long inter-pulse
periods may moderate maxima cr minima of resonatcr response,

4,1 Periodic Pulsing of a Rescnator

As was Jdescribed in a paper by House (1959) changing pulce
rate, while holding the resonance characteristics constant, produces
fluctuations in the amplitude of the signal transmitted through the
resonance. This can be explained by Fig. 4.1 inwhich we show how the
transmission function of a resonance effects the acplitude of the
components of impulse trains of two different frequencies as shown
by solid ané dashed lines respectively. The pulse rate represented
by the dashed line will produce a larger output than the other be-
cause a component falls at the peak cf the transmission.

Anotner way of examining this phencmenon is in terms of the
complex representation for the behavior of the harmonic oscillator

between pulses:

SIGNATRON®
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£(t) = aeld* JWlc (4.1)

where A is a conplex arslitude. The real sicnal which would actual-~
ly be obtained from a resonator is the real part of this complex
signal, If we pulse the oscillator every T seconds with a real
valued puise of amplitude p, the steady-state oscillator behavior
mey be described by the equation

A = Ae°T+JwT+p (4.2)

This equation indicates that the ringing of the oscillator starts
at a value A and rings for T seconds until it achieves a value
Aexp [oT+ jwT]. At such time a pulse p is used to re-obtain the
initial oscillator amplitude and a new period of decay begins.

Equation (4.2) is illustrated geometrically in Fig. 4.2. The
spiral shows the locus of &(t) over the interval T. The real sig-
nal is the real axis projection of the vector whose tip follows the
spiral. The rotation is the angular change of the sinuszoid while
the decreasing diameter of the spiral is the exponential decay of
the amplitude of the sinusoid., The angle 6 between the two vectors
is the total rotational angle modulo 2m.

The response or ratio of the oscillator amplitude to the pulse
amplitude may be obtained from Eq. (4.2):

A _ 1
P 1 - 0T+ juT (4.3)

From this we may cbtain the squared magnitude of the response.

1212 - 1 (4.4)
p 1-Ze°Tc05wT4-e2°T

Note that this equation could also be obtained by applying trigonom-
etry to the vector diagram in Fig. 4.2.
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From Egq. (4.4) it can be seen that the magnitude of the re-
sponge ©0scillates between maxima and minima as wT changes through
successive multiples of m, We have minima

- S (4.5)

15 2 1

for wT = (2n+1)m

and maxima

[51° = or s (4.6)

for wT = 2nw

This alternatirg maximization and minimization of the response is
the same as that predicted by our previous discussion of freguency
comporents and calculated in detail by House (15859),

A set of curves depicting Eq. (4.4) is given in Fig. 4.3. In
labeling these curves we have used the relationshipe

2UFT = T
= S
EW-T = "T

where F and BW are the frequency and bandwidth of the resonator,
respectively, and T is the period of the pulses. The amplitude of
the response in dB is shown on the .vertical axis and the normalized
gquantity BW.T on the horizontal axis, The functional relationship
between these two quantities is shown for six values of 2mFT, the
argument of the cosine in Eq., (4.4). At BW = ,5 there is a change
2f vertical scale.

The open circles and dashed line on the graph illustrate how
it is used to obtain the response for a fixed resonator as the
pulse rate is varied. (Pulse rate is the reciprocal of T.) The
illustration ie for F = 300 and BW = 50, Each circle represents
a different frequency. Scanning from left to right the maximum of
response occur at 300 Hz, 150 Hz, and 100 Hz; the minima at 200 Hz

STGNATRON®
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ané 120 Hz, This curve is valié for all resonators having the
same Q i,e., the same ratio of F to BW., However, the circles would
represent different pulse rates. Thus this curve shows the be-
havior for ¥ = 600 and Bw
should be doubled,

100, but all the pulse frequencies cited

The extent of the response change from maximum to minimum can
be redrced if the driving pulses oeccur at intervals which are
alternately shorter and longer. This is discussed in the next section,

4.2 Alternate Pulsing of A Resonator

In commenting on the apprec¢iable change :n the response of a
resonator, we imply that perhaps the resulting maxima or minima
are undesirable features of our model of speech production which
actually do not exist because of some physical cr neurological
mechanism in the actual human speech production system, We thus
are interested in simple models for reducing the height of the
maxima or depth of the minima. 28 will be shown in what follows,
the replacement of the constant period pulse source by one whose
pulses occur at alternately short and loncg intervals gives such a
reduction, The interest in such a model is increased as a result
of the obscuration that such alternations actually occur in human
speech (Lieberman, 1961; Smith, 1968). In the discussion that
follcws we will Jdiscuss alternation as a means of increasing the
response during what would ctherwise be minima., Such a discussion
is based on a premise that optimal speech production is that with
the greatest amplitude. The alternative is that alternation works
to lower response maxima which alsc correspond to maxima of the
impedance presented to the larynx by the vecal tract, While we do
not orient our discussion to this latter case all the same prin-
ciples apply and the same equations may be used to measure the
effect.

A model for the generation of alternating pulses is shown in
Fig. 4.4. A pulse generator, operating at a rate egual to half the
number of pulses per second we desire, drives a linear system whose

SIGNATRON®
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output is two pulses for every pulse in, The pulses occu. at the
average rate we desire and have inter-pulse intervals whizh alter-
nate between (T+p) and (T-A) seconds., The affect of the alterna-
tion may be seen by considering how the frequency components of
the pulse generator are affected by the filter,

The rrequency components occur at multiples of é%-as is

indicated by the vertical lines in Fig. 4.%. The transfer function
of the dual pulse filter is

H(jo) = 1 + e~ Jw(T+8) (4.7)

The magnitude of this transfer function is

[H(j0) | = ‘cos[%(w SR (4.8)

The effect of different vallies of A can be geen in Fig, (4.5) where
the magnitude of the transfer function is plotted for 4 = 0 and
A = T/4,

For A = 0, the cosine function cancels all the odd@ components,
The resulting even harmonics are actually all the harmonics of a
pulse train of rate %; This is actually the case beczuse,without
the A,we do have a constant period pulse train with period T, For
A = T/4 we do, however, pass with maximum magnitude one of the odd
components while suppressing its even neighbors. Thus if the peak
of the resonance were at A in Fig. 4.5 there would be no need
to alternate the pulses. This corresponds to the situation shown
by the dashed lines in Fig., 4.1, depicting a component occurring
at the resonance oeak, The situation depicted by the solid lines
in Fig., 4.1 corresponds to the resonance peak occurring at B in
Fig. 4.5, half way between components of the average pulse fre-
quency. In this case, a 4 vf T/4 changes what would ctherwise be
a minimum response condition to a maximum by generating a maximum
component at the resonance peak. For peaks which occur at fre-
quencies which are not multiples of 1/2T, the maximum response can

be obtained by finding the component which is nearest to the peak
SIGNATRONY
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and maximizing it by the proper selection of A, This component
is denoted as the kth component in the following formula. The
formula is

% for « odd
A
2= (4.9)
0

for k even

where k = integer value of EZFT + %]

and F is the frequency of the peak of the resonance,
The value of A is approximately half the reciprocal of the rescnance
frequency.

Theoretically, one could operate a maximum component arbi-
trarily close toc a resonance peak, This is done by lowering the
rate of the pulse generator in Fig, 4.4 and increasing the numbexr
of pulses in the impulse response of the filter by the same factor,
to Keep the average pulse rate the same. To maximize the proper
component one would have to determine the correct timing for every
pulse in the filter, by solving setg of transcendental equations,
The complexity mediates against the model being representative of
a natural process.

. The complex signhal representation used above for calculating
the response to truly periodic pulses can also be used for the
alternation situation, Here, however, we have two amplitudes:

A1 for the amplitude during the iong period and A2 for during the
short, The formulas are best expressed as part of a descriptive
table., To simplify the notation, we have set the amplitude of the
excitation pulses to unity.
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Signal Amplitude ipstant of Time
f; just after first pulse[t=0(mod 2T)]
1
AleST+SA after long period
[t =T+a)
g(ta{ttlAz = AleST+SA + 1 just after 2nd pulae
AzeST"SA = Ale‘?S'I|+¢=,‘ST-SA end of short period
[t=2T=0(mod 27T)]
Lél = A1e28T+eST'SA+1 just after 1st pulse
where S = ¢ + jw (4.10)

From Eq., (4,10) we obtain the equation for A,

1+ eST-SA ( )
A, = ————pzr— 4,11
and by analogy
ST+SA
1 + e
A, = S (4.12)
2 1 - est

we also note that for A = 0

ST :
1+ e 1
A, = A, = = 2 (4,13)
1 T2 T 3T [ ST

which is Eq. (4.3) for constant period pulse excitation

Thegse expressions can now be used to derive some measure of
response based on the two different response amplitudes., This most
appropriate measure is probably the power averaged over the short
and long intervals, The results of this calculation cannot be
represented in simple graphical form as for the constant period
case and is sufficiently complicated as to best be done for specific
values of resonance frequency and bandwidth,

SIGNATRON®
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Such a comparison of resonator response power fcr alternated
and constant period excitation is shown for three different
resonator frequancies in Figs. 4.6 through 4.8. The horizontal
axes show the : erage pulse frequency 1,/T. On the average,
the resonator power increases at 6 dB/octave following the
input power from the constant amplitude excitation pulses. The
curves for no alternation (A =0) show the same type of results
given by House (195%8). In determining the case for alternated
pitch, the amoun: of alternaticn, A, was set to half recip-
rocal of the resonance frequency, rather than the reciprocal of
the pi’ h component nearest the resonance frequency,as detailed
above, As can be seen, this selection of A makes the response
to alternated pulses be 180° cut of phase with the response to
congtant period pulses. One has peaks where the © 1er has
valleys and vice-versa. Thus for any combination of resonator
ard pitch frequencies, resonator responze may be either maximized
or minimized by selection of the proper pitch mode: alternated
or congtant period,
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INSTRUCTION MANUAL FOR FILTERING INSTRUMENT :

1.0 Introduct@gg

This appendix describes the design and operation of the Null and
Reconance Fiiters of the VOTIF speech analyser. Operational instruc-
tions are given for a composite filltering inztrument which consists
of five Null Filters and one Resonance Filter ccnnected in cascade.
The fregquency and bandwidth of each of these filters may be set inde-
pendently over the tuning range shown in Figure 1. Each filter
operates independently of the other filters.

The instrument operates in SOOF to 125°F ambient temperature without
forced-air cooling, and operates from a standard 117 VAC 60-Hz com-
mercial power line, A two-section 19-inch rack-mounting frame con-
tains the instrument input and output BNC connector clusters, a regu-
lated dual-output power supply, and quick-disconnect %—turn panel-
mount fastenevs for mounting all six filter units in the frame.
Shielded cables with BNC connectors are furnished for interconnection
of filter units., The power supply is an Acopian Model 15D70U rated
for dual 15V 700 mA operation.

Figure 2 shows an appropriate installation arrangement for the units.
Various factors discussed in subsequent sections affect the actual
arrangement used in any giVen analysis situvation. 1In all cituations

it is advisable to have the lowest noise units earlicest in the chain
to minimize noise build-up. This noise build-up is a consequence

of the rising gain-frequency characteristic (12 dB/octave/null) of

the instrument. For the maintenance of highest output signal-io-noise
ratio, the null units should be adjusted so that the tuning fre-
guencies increase along the cascade witn the first unit having the
lowest frequency setiing. However, when the input signal is noisy, as
is often the case with spesech signals, the reverse crdering may be more
advisable. While not keeping signal-to-noise ratio to a minirmm, hav-
ing tuning frequencies decrease along the cascade will tend to minimize
noise levels at each stage of the cascade,

Because any impe}fections of the signal source will be magnified by the
rising gain-frequency response characteristic of the instrument, it is
suggested that precautions be taken to minimize distortion, pickup and
noise in the input signal. Similarly, when the output of a sine-wave
signal generator is used as a test input signal, imperfections in the
signal geuerator output that are barely visible on an oscillosccpe trace
will be magnified by the rising gain-frequency response of a Null Filter.
Many sine-wave signal generators (including the Hewlett-Packard Model 209A)
have small discontinuities at the sine-wave zero-crossings. These will be-
accentuated in the Null Filter, resulting in narrow spikes at the sine-
wave zero-crossings. This effect is most easily seen at TPJ in the Null
Filte,. Another imperfection of some signal generators is the presence

of random noise added to the signal after the output lavel control. When
the generator output is set to minimum, the output noise will still
remain. Thus, when testing the ipternally-generated noise of %he instru-
ment, the instrumeat input should be physically shorted t~ remove noise
which could be coming from the signal source.

RO




s S e e o o = % 4

1K ~+

—— ™| High Range pa—

/ &
<)
d
100 4= — o= — - =
g
62.5
| &
!
l l
20 d— } —
20 100 1K 1.6K 5K 10K Hz
fe= f Low Range —‘l f High Range L’ f
r Operating Signal Range >
Figure 1. Tuning Range of Frequency nd 3andwidth Control Settings

P T

SR R OHAMLA ERA X v+ ¢




SR e

m_ | i
: 100 ;
1 ONg .
| juetq A1ddng aemod -
m 3 .w
=3
o i
&0 H
[ = '
5
_ I99TTd TTON . J09TTd TTW P
: o
_ - S
"
-
J891Td TTON 109TTd TION m
95TON~180MOT~3XON =
‘l o |
o ™
Q
°
=
g
J81TTJd eousuossy . I8991Td TTN 3 -
©B8TON-159M0T - 2
o
[
aerg yuetd 3 !
S ,,
t
!
ﬂ
NI ”
ONd / .
4
!
w
!
*
{
|
!
rhreaitd ooy CPR D S P U ORI WO UL T P+ St gl " i Y s T - iy ™ ey Sl M 2




2.0

2.1

Null Filter Functional Description

The Null Filter has a target transfer function which represents a
second-order anti-resonance or Null Filter with unity effective DC
gain, and is given by

NERY 2
o (s) = Sb)S+ et
The filter frequency and bandwidth parameters, a and b respectively.
are independently tunable over the audio frequency range by means of
precision dials calibrated in Hertz (cps).

Modifications to the above transfer function incorpecrated into th-
design comprise an 18 KHz low-pass filter for roll-off of overall
high-frequency response, roll-off of the 3° term at 100 ¥Hz, and
polarity inversion (negative sign) of the effective DC gain (extra-
polation of the low-frequency gain to DC).

Null Filter Specification Summary

2,1.1., Controls

IN-OUT Switch IN: Output BNC connected to Input BNC
OUT: Output BNC connected to filter
output

GAIN Control Adjusts overall gain through filter,
after setting FREQ

BW Control and Range Switch I0W range: 100 Hz/turn, up to 1000 Hz

HIGH range: 1 KHz/turn, up to 5 KHz
Limits: As defined in Fig. 1

FREQ Control and Range Switch I0W range: 100 Hz/turn, up to 1000 Hz
HIGH range: 1 KHz/turn, up to 5 KHz
Limits: As defined in Fig. 1

2.1.2 Accuracz

FREQ Dial Adjustment precision: 10.5%of value
Calibration accuracy: ¥ 2% of value
BW Dial Adjustment precision: t 0.9% of FREQ
for FREQ 2 100 Hz min., otherwise
t 0.5 Hz

Calibration accuracy: T 10% of value
Signal operating range: 20 Hz to 10 KHz
Relative amplitude: * 0.25 dB (I 2.9%)
Delay variation: ¥ (.10 mssc

Transfer Function

2.1.3 Impedance Levels

Input 2.2 kilohms * 5%, capacitor-coupled
Output 2 olms typical
Rated Load 2 kilohms minimum impedance

b i

N




2.1.h4 Signal leveils

Output

Input

2.1.5. Noise level

2.1.6 Test Points

Up to * 10V peak into 2 kilohms mini-
mum load impedance, for sine-wave
slgnals of »200 Hz on 1OW FREQ and

>2 KHz on HIGH FREQ. Bslow tliese fre-
qusencies, maximum output is determined
by internal signal level at TPS or TP6,
and is a function of FREQ and BW con-
trol settings.

Up to value causing maximum output;
varies with GAIN, FREQ and W settings
and input frequency. The proper input
gignal level and GAIN setting are dis-
cussed in Section 2.2.

At least 4O dB below 7 Vrms at output;
improves with increasing FREQ setting.

All test points are isolated by resistcrs of 680 or 1000 ohms to prevent
damage in case of accidental shorting of a test point to ground. The P

test points are:

TPl
P2
r3
TPY
TP5
TP6
TP7
TP8
TP9
TP10

2.1.7 Power Drain
No-signal

Normal signals

Input connectoer

Spare

Differentiator channzl output
Bandwidth channel output

Surming amplifier ocutput (unfiltered)-
Tnput amplifier output

+ 15V supply

- 15V supply

Frequency channel output

Output connector

69 mA at + 15V, ~72 mA at -15V

89 mA at + 15V, -92 mA at -15V

v vty g e e
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Null Filser Operating Instructions

An appropriate installation arrangement for the Null Filter is chown in
Figure 2. Each filter mounts and dismounts by means of §-turn ranel
fasteners, and is connected by means of BNC signal input and oulput con-
nectors and a multi-pin power connector in the rear.

H
> %
|
]
E |
o5
£}
b |
3

Front-panel control functions, dial calibrations and operating limits,
and test-point functions are listed in the Specification Summary. After
the FREQ and BW dials have “een set, the GAYN may be set as high as vhe
value that gives unity effective DC gain. %his value is obtained when
the output amplitude of low-frequency signals (20 Hz) is unaffected by
IN-OUT Switch operation.,

If the GAIN setting or input signal level is too high, saturavion or
other dishortion may occur. If the input signal level is too low,
signal-to-noise ratio may be reduced. Distortion conditions are best
monitored at TPS, which precedes a low-pass filter followed by an output
amplifier having a gain of ten. Signal and noise amplitudes are best
mornitored at TP10 which is connected to the output.

Choice of control settings should take account of signal-to-noise ratie,
because in a cascade of Null Filter units the steeply rising gain-
frequency characteristic (12 dB/octave per Null Filter) introduces sig-
nificant noise gain and bandwidth. This rise reaches a peak at 18 XKWz,
where the low-pass filter in each Null Filter begins to roll off. In
particular, it is recommended that the Null Filter GAIN controls be set
at substantially less than unity effective DC gain (value discussed
below). This will help to keep the high frequency noise of the first
unit still moderately small at the output of the last unit. The noise
gain and signal gain depend on FREQ and BW settings in ail of the filter
unigs.

T

To £ind a more desirable GAIN setting, let us assume that the 18 KHz
noise content of the output of the first Null Filter is 5 mVrms. This
passes through foui Null Filters, one of which is approximately balanced

: - out at 18 KHz by the Resonance Filter. Iet us aiso assume that the

: final 18 KHz noise output should not exceed 1 Vrms. Then the 18 KHz

gain of each Null Filter should be 3/170.005 = 5.8. This corresponds to
unity gain at 18v0.75/5.8 = g.S KHz. The effective O gain will be
approximately (FREQ/6.5 KHz)“, whicih is below unity by an amount dependent
upon the FREQ setting., Thus the GAIN control can simply be set to obtain
unity gain through each Null Filter at 6.5 KHz input signal frequeucy.
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2.3 Null Filter Circuit Design
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Figure 3 is a simplified transfer-function diagram of the Nuli Filter.
For non-inverting input signals, the gain of an operational amplifier
is larger by unity than the gain for inverting inputs. This fact is
accounted for in Stage LA, where both inputs are used, by means of the
attenuation factor shown at the inveriing input. '

The sinplified overall transfer function resulting from Figure 3 is as
follows: .

2
H (s) = -6y Kg (T2 82 + Te(K)p - 1)yK)g + 32 K Kip * %2 K3°)

(KhA - ‘DK!:,B ys  Kp Ky y2 K32 x2
+ ,, +
< T Te T2

i

=G Kg 12 (s2 +

We wish to realize the ideal transfer funchion:

Hy (s) = (32 + 2bs + b2 + a2) / (b2 + a2)

Iet us define x and y as poteniicmeter transmissions. (maximum = unity),

f and B¥ as the dial readings in Hz, and F as the full-scale dial cali- ‘
ration of 10 kHz for both dials. We then have these relationships to

be satisfied:

a = 2Rf = 2FxF
b = FBW = FyF
2b = (X)p - 1)Kypy/T = 2WyF

o
N
I

= K).JA K.].&B &2/:112 =”2572F2
K32 x2/12 = (2FxF)?

The last three equalities yield the design constraintis:
(K - 1)Kp = 2AFT |
(Kyp - 1)/Kyp = 2MTFT = 1 - 1/K)p
Ky = 28FT

In this design the unity-gain frequency of the differentiator stages has
been set to 2 kHz. This leads to the following desigh values:




Figure 3.

Kap

Kap~!

4B

Simplified Transfer-Function Diagram of Null Filter
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T = 1/AM(2 kHz) = 79.7 ugec

K3 = 5-0
Kjp = 5.0
Kh_B = 1.25

The variable gain control Gj permits the gain factor -(hK T2 to be
adjusted to meet the design requirement of unity effect}vg DC gain. The
gain Gj would normally be varied iuversely with {a2 + b2). This factor
can reach 5,000 : 1, which would use up much of the dynamic range availa-
ble betiveen noise and saturation levels if siraighs-forward range switch-
ing were used. This potential difficulty is largely avoided by the in-
direct method used for range switching. Ten-tc-one range switct:ing for
both variables a and b is accomplished by scaling all other factors in
the opposite direction, This is shown in the Circuit Schematic (Fig. L).
The effective DC gain is made insensitive to the Frequency Raige Switch
positiion. When the Frequency dial is maintained at one turn minimum by
means of frequercy range switching, the variation in G1 is reduced %o
only 200 : 1. This permits reasonable signal-to-noise performance and
together with a logarithmic infinite-resolution potenticmeter aids manual
gain adjustmens.

Design factors which modify the transfer function above 10 kHz are the
introduction of high-frequency rolloff in the differentiators and in the
overall gain function. These rolloffs contribute to differentiator sta-
bility and to overall signal-to-nocise ratic.

The s term in the ideal transfer function corresponds to 2 gain-fre-
quency asymptote rising at 12 dB/octave at the upper end of the operating
signal frequency range (10 kHz). Above this point the frequency re-
sponge must be rolled back to a falling asymptote for reasons of physi-
cal realizability, noise bandwidth lamitation, and to maintain stability
even in the presence of stray coupling.

Each differentiato. stape has a pair of real poles at 100 kHz, produzing
only -0.1 dB and -~12° at 10 kHz. The primary rolloff for the entire
filter transfer isunction is provided by a fourth-order Butterworth low-
pass filter at the cutput. With an 18-kHz cutoff frequency, the filter
introduces only ~0.1 dB with -87° at 10 kHz. Above its cutoff frequency,
the fourth-~order filter overrides the double differentiator, producing

a net rolloff of 12 dB/octave up to 100 kHz. Beyond 100 kHz, each dif-
ferentiator becomes -6 db/octave instead of + 6 dB/octave. The net
rolloff beyond 100 kHz thus becomes 36 dB/octave.

Maximum overall gain occurs at the filter cutoff frequency, but does

not exceed 2,000 over the entire range of dial settings. A net low-
frequency gain inversion is utilized %o make overall stability more in-
sensitive to coupling from output to input. Stray coupling is minimized
by physical separation and shielding of input and oukput leads, and by
multiple bypassing and divided routing of power-supply lines.
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Fach of the amplifier stages has a compensation network and rolloff
feedback capacitor selected for accurate response to signal frequencies
and effective discrimination against higher (noise) frsquencies,

Emitter followers returned to current sources are used at two inter-
stage locations for driving heavy loads with minimum amplifier cross-
over distortion.

The input amplifier is selected for low noise and is operated at low

impedance levels to minimize the voitage output caused by the input

current noise.

Mull Filter Measured Response

The results of response measurements taken on Null Filter #1 on

Nov. 1, 1968 are shown in Table 1. The frequency and bandwidth settings
were 1000 Hz and 20 Hz, respectively, both on their low ranges. Meas-
urements of both input and ocutput voltage were made using a stable wide-
band full-wave operational rectifier feeding a Digitec DC digital volt-
mewer via a low-pass filter. Signal frequency of the Hewlett-Packard
Model 209A oscillator was monitored with a Hewlett-Packard 512 frequency
counter. The effective DC gain of the Null Filter was set close to
unity, and t"e input or output, whichever was larger at each signal fre-
quency, was set just below 7 V rms.

The measured null frequency was 1007 Hz, or 0.7% high, well within the
t 24 frequency calibration requirement. The ideal response data for
use in Table 1 was computed for £ = 1C06 Hz and BW = 19 Hz for compari-
son with the actual frequency response.

The measured values were corrected for rectifier offset due to zerc
error and roisé, and for rectifier amplitude non-linearity using a ca-
libration curve., The ideal response was normalized to the mezsured low-
frequency gain to eliminate the effect of the slight difference from
unity in the effective DC gain.
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Lo 0.998L2
70C 0.52151
Tl 0.46260
823 0.33587

] 861 0.26570
©35.7 0.14087
4

f 966.5 0.08297
3 $93 0.03280
3

1007 0.0170L

019 0.03280
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0.11050
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1200 0.L2799
1452 1.0955
1757 2.0635
2572 5.5L08
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0.998)2
0.5160L
0.45771
0.3311L
0.26295
0.13609
0.07917
0.03180
0.01900
0.03222
0.10780
0.42335
1.083h
2.0503
5.5362

15.959
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Table 1. Measured Response at 1000 Hz Freguency and 20 Hz Bandwidth 3

; Y Dizl Setiings. o :
i | ;
2 Signal Measured Ideal Ratio Errcr 2 :
1 Freguency Response Response ;
o v - H

; £ Hy Hy Hy/Ey :
Hz (£=1006 Kz dB :

BW=19 Hz 3

0.10

0.10 ‘
0.12 {
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The resulta in Table 1 show that the relative amplitude limit of %0.25 dB
is met at all the test frequencies except at and near the null, where the
responge is down 20 to 35 dB. The largest error occurg right at the null,
It is believed that these errors are caused primarily by measuring
instrument non-linearity and zero offset, which are large enough to re-
quire a more accurate linearity calibration of the rsctifier, together
{--. a rectifier range switching arrangement, to resolve definitely the

' for the apparent disagreement between measured and ideal responses
near the deep null. The response was deemed to be close enough to the
ideal not to warrant development of more precise instrumentation.

Bandwidth dial calibration was checked by taking measuremenis with settings
of 1000 Hz frequency and 200 Hz bandwidth (Q = 5). With unity nominal
effective DC gain, the measured response was 0.1988 at 1000 Hz and 0.99Z7
at 100 Hz, giving a ratio of 0.2003. This is within 0.1% of the ideal
ratio 0.1983/0.9903 = 0.2002, or two orders of magnitude better than the

+ 104 bandwidth calibration specification.

Noise output measurements taken cn the same date are shown in Table 2.
The effective DC gain was set to unity for each tuning frequency, and

the bandwidth was set at zero. The input was shorted, representing low
impedance of the input signal source. The output readings were corrected
for rectifier zerc offset and converted tc rms values. The noise output
is highest at the lowest tuning frequency, where the transfer function
rasponse up to and including 18 kHz is largest. Using the muximum avail-
able output signal of 7 V rms as a reference, the sipnal-to-noise ratio
is 51 dB or better, substantially better than the required 4O dB.

13
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Table 2. Measured Noise Output with Effective DC Gain Set to Unity

at Various Tuning Frequencies.

Frequency Frequency
Setting Range
b
Hz

100 low
200 low
1000 high

2000 high

14

Noise
Output

vrms

0.020
0.0055
0.0022

0.006

Level
Referred to
TVrms
dB

-51
62

=70
-61

gyt
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2.5 Null Filser Maintenance and Calibration
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S Stability of performance of ths Null Filter is safeguarded by means of
S adequate design margins and frequency compensatiocn techniques, careful
component and wiring layout and shielding, and the use of stable metal-
f£ilm resistors and urim potentiometers. Critical capaciiors are stable
low-logs mica types, and the input amplifier is a selected low-noise
709C.
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3 Should it be necessary to replace any components, consideration should

s be given, after the repair is completed, as to whether the gain of a
critical stage (and therefore the overall calibration) might be affected.

1 This applies primarily to resistors connected to the input terminals of

2 amplifiers preceding the three-input summing amplifier. Examination of

the Factory Calibration Procedure below should enable determining which,

is any, calibration steps are affected.

Recalibration due to aging or drift should not be necessary for at least
a year. A simple way to verify stab:..*ty is to check nmull frequency at
several points at near-zerc bandwidth, using a signal generator and a
frequency ccunter.,

Below 1s the Factory Calibration Procecdure, which utilizes a DC digital
volimeter to set gain and attenuation ratios within 0.2% accuracy. Refer
to the schematic of Figure 4.

Factory Calibration Procedure

1. Check aligmnment of electrical zero of each section of FREQ and
BW pots to dial zero, using an ohmmster.

2. Set trimmer #1 to obtain gain = -l from 2B output to LA output.
Set BW = 0, and obtain 2 VDC at 2B output by means of GAIN pot
and jumpers connecting 47 uF negative end to -15V and L7 k ohm
across 1000 pF feeding 2B.

3 3. Set trimmer #2 to obtain 10:1 ratio at BW pot 1H terminal with

2 34 Range switching. Use BW = O, and 10 VDC at output of 709C
1 stage.

1 -

: L. Set trimmer #3 to obtain 10:1 ratio at BW pot 2H terminal with

BW Range switching. U<c BW = O, and 10 VDC at output of stage LA.

5. Set trimmer #4 to obtain gain = S5/L through stage L4B. Use BW =
approximately 7000 (high range) and adjust GAIN to obtain 8 VDC
at + input of stage 43. Set FREQ = O (high rangs).

6. Pad 10K 1% resistor at output of stage LB tc obtain 100:1 ratio
at arm 2 of FREQ RANGE switch between high and low positions.
Use 10 VDC at 4B output, and checl- that grounding - input of
stage 5A has no effect.
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3.0

1. Pad 10X 1% resistor at output of stage 28 to obtain 100:1
ratio at arm 1 of FREQ RANGE switci, as above.

8. Check for unity gain through stages 2B and 2A at 2000 Hz input
frequency, and trim 78.7K resistor or 1000 pF capacitor if
necessary.

9. Set trimmer #5 for best null at FREQ = 1000 Hz (low range),

BW = O (low range), and with 1000 Hz input signal, Check FREQ
scale reading for best null at 500 Hz input.

10. Adjust variable capacitor at stage 34 for best null at FREQ =
5 kHz (high range), BW = O (low range) and 5 kHz input. Check
FREQ scale reading for 2 kHz and 1 kHz input signals.

Resonance Filter Functional Description

The Resonance Filter has a target transfer fuaction which is the inverse
of the Mull Filter target transfer function. It is given by

2 P4
Hy (s) = Bor2a.
_ (s +b)2+ ac

The Filter frequency and bandwidth rarameters, a and b respectively,
are independently tunable over the audic frequency range by means of
precision dials calibrated in Hertz {cps).

The only modification to the above transfer function included in the
design is the inverted polarity (negative sign) of the effective DC gain.
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2.1 FKesonance Filter Specification Summary

3.1.1 Controls
IN-QUT Switch

GAIN Control

BW Control and Range Switch

FREQ Control and Range Switcn

3.1.2 Accuracx
FREQ Dial
B4 Dial

Transfer Function

3.1.3 Impedance levels

Input
Output
hated Load

3.1.4 Signal Leveils

Output

Input

3 : 3.1.5 Noise Level

hareal n A e

IN: Output BNC connected to Input BNC
OUT: Output BNC connected to filber
output

Adjusts overall gain through filter,
after setting FREQ

IOW range: 100 Hz/turn, up to 1000 Hz
HIGH range: 1 KHz/turn, up to S KHz
Limits: As defined in Fig. 1

LOW range: 100 Hz/turn, up to 1000 Hz
HIGH range: 1 KHz/turn, up %o 5 KHz
Limits: As defined in Fig. 1

Adjustment precision: *0.9%0f value
Calibration accuracy: % 2% of value
Adjustment precision: * 0.5% of FREQ
for FREQ 2 100 Hz min., otherwise

L 0.5 Kz

Calibration accuracy: t 104 of value
Signal operating range: 20 Hz to 10 KHz
Relative amplitude: % 0.25 dB (* 2.9%)
Delay variation: % 0.10 msee

3 Yo 10 kilohms, capacitor-coupled
2 chms typical '
2 kilohms minimum impedance

Up to * 10V peak into 2 kilohms mini-

mum load impedance. A% some control
settings, maximum output is determined

by internal signal levels, by the require-
ment of keeping internal levels at or
below * 10V.

Up to value causing distortion at TPS;
varies with GAIN setting.

At least 40 dB below 7Vrms at cutput
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3.1.6 Test Points

All test points are isolated by resistors of 680 or 1000 ohms to prevent
damage in case of accidental shorting of a teat point to ground. The
test points are:

TP1 Input connector

TP2 Spare

TP3 . Spare

TPL Spare

TPS , Frequency feedback channel output
TP6 Spare

TP7 + 15V Supply

TP8 - 15V Supply

TP9 Spare

TP10 Output connector

3.1.7 Power Drain
No-signal 22 mh at + 15V, -22 mA at -15V
Normal signals L1l mA a% + 15V, -4l mh at -15V

Resonance Filter Operating Instructions

An appropriate mounting location for the Resonancs Filter is shown in
Figure 2. Filter mounting and connection are the same as described
for the Null Filter.

Front-panel control functions, dial calibrations and operating limits
are the same as for the Null Filter. They are listed in the Specifica-
tion Summary together with other parameters of the Resonance Filter.

It is recommended that the GAIN control be set for unity effective DC
gain. The considerations which affect the choise of Null Filter GAIN
control setting, discussed in Section 2.3, need not be considered here
because the gain of the Resonance Filwer falls at frequencies beyond
resonance rather than rising like the Null Filter. Thus noise is
attenuated, rather than amplified, and the GAIN control can be set for
unity effective DC gain.

Test point TP5 is provided to aid in detecting saturation or distortion
conditions due to excessive input signal level. Both TP5, the output of
a limiting amplifier, and TP10, the Filter output, should be monitored
for this purpose. Proper signal-to-noise ratio resulting from adequate
input signal level would be observed at TPlO.

i8

Wl g e by

"owag. ..




3.3

ksl

b wom e o e e n e

Resonance Filter Circuit Desigg

Figure 5 shows a simplified transfer-function diagram of the
Resonance Filter, which uses fesdback combined with feed-forward
through two integrating amplifiers.

The net input to the summing amplifier can be expressed as follows:
eg = GyEypy *+ Kpy (Kyy + CyTys) Bpp + %’%lezgxz

eg v - TyT8E,/Kg
Eliminating ey, we can cbtain a ratio of the variables:
2

- 2 2
- -EEE- = KS + KByCITZS + KlKBy + CFK1KFx

This expression is then used in the owverall transfer function:

R K K,xE
H (s) = out _ “o"17I2
Ein Ein
H (s) = - GyK K, xKo/T. T,
r4 2 2
8c + KsKhCIys + KSKEFBy + CFKSK1KFx
T1 I,T, T1T2

This will represent the ideal transfer function:

b2 + a2

H. (s) =
1 82 + 2bs + b27+ a2

Using the same definitions as Section 2.3, we obtain the following
relationships:

a = M - NxF
b NB# = TIyF

% = KSKBCIy/Tl = 2TyF

o
1

- 2 _2,2n2

KoK Koy /T1T2 =M¢y“F
o2 2,202
KgCrky KX /T1T2 = WMI°x°F

11}
]
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Figure 5. Simplified Transfer-Function Diagram of Resonance Unit
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From the last three equalities we obtain the following design
coustraints:

Ky/CrTy =TF/2
KoCpKyKp/T1T, = LN2R2

For this design we utilize F = 10 KHz, 1/2RT, = 1 KHz, T, = 2Ty,
and CI = 2. From these values we obtain:

KSKB =10
Ky = 5
K Gpkp = LO
The remaining design values selected are K = L.5L and K.0p = 2/3.

Now that the dynamics of the transfer function are accounted for, by
realizing the terms of the denominator, the numerator may be con-
sidersd and thus the range of gain Gy required.

I he output were taken at Ey, the configuration of Figure 5 would be
simpler. One would then expec% Gy to track tne main feedback gain
CFKFKIZ in order to approach unity closed-loop low-frequency gain.
Because x< varies over a 2500:1 range, the feedback gain is selected
to vary btoth above and below unity in order thut the maximum alilowable
gignal a% eg and Erp should not be unduly restricted. This limits the
reduction of signal-to-noise ratio occurring at the extreme f dial set-
tings. Selection of the output configuration shown strikes a balance
between good overall dynamic range, close coupling to the common Ers
signal, and reduction of the necessary range of the gain contvol.

The gain control uses an infinite-resolution logarithmic potentviomster
For fine manual adjustability. It is passively connected to the input
such that the input impedance varies over the restricted range of 3K
to 10K, The negative sign in the low-frequency closed-loop transfer
function results from the design configuration and implementation.

Figure 6 shows a schematic diagram of the Resonance Filter. Voltage
divider networks have been uged to prevent loading and to avoid emitter
followers. Direct local range switching is used at low impedance levels.

Two circuit additions introduce a minimum damping, and therefore a mini-
mum bandwidth sufficient to insure stability when bandwidth is set near

zero (highest Q) but not so large as to affect the desired range of
operation.
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First, a bias-stabilizing feedback resistor in each integrating amp-
lifier modifies its transfer function from 1/Ts to 1/T(s + 0.01/T).
Since this is the only frequency-dependent porticn, the entire trans-
fer function is modified from H (s) as given above to H (s + 0.01/T).
The effect of this translation in the complex freguency domain is
multiplication of the corresponding time function h (t) to produce

h (t) E'0~01t7f. The inverse transform of Hy (s) yields the impulse
response hy (t), which has the form:

2 "2 KN
hy (t) = ot 20 &bl

Thus the effect of this modification on the dynamic response is to
increase b =TyF by an amount 0.01/T, so that y is effectively
increased by 0.0LATFT. This has a net value of 0.0015 (10%t) = 0.015
turn of dial offset.

gin at

The second circuit additiorn is the insertion of a small resistor to
ground at the lower end of each bandwidth potentiometer section.

This raises the minimum bandwidth by an additional amount of 10t/200 =
0.05 turn, and further improves “he built-in dynamic stability. The
total offset of 0.065 turn is calibrated out by setting the dial to
read 0.065 turn at pot electrical zero. This corresponds to 6.5 Hz
minimum achievable bandwidth on the low range, which is well below the
20 Hz minimum bandwidth setting required.

Adequate bias stabilization of the integrating amplifiers is provided
by local feedback when the gain of the main feedback loop is low. AL
the higher main loop feedback gains, however, tighter bias stabiiiza-
tion is needed which is accomplished using negative DC feedback around
the main loop. Because of the cascade arrangement, a Burr-Brown
Model 3019/15 low-input-current, low-noise amplifier is used in the
first integrator, instead of the 709-type amplifiers used elsewhere.

Two circuit precautions protect the stabilizing signal of the inner
(bandwidth) feedback loop from being attenuated or phase-shified in the
surming amplifier due to 2xcessive output from the outer (frequency)

feedback loop under overload conditions. The frequency-signal gain
factor KsCp (See Figure 5) is cet below unity, and a soft limiter is
provided at the output of Stage F2. These precautions prevsnt large-
signal nonlinear ingtabilities that might otherwise be initlated under
transient overload conditions.

The ideal reaponse function for the Resonance Filter already includes a
roll-»ff above the tuning frequency, so that no modifications are
needed fcr this purpose. All amplifier stages have closed-loop roll-
off corner frequencies greater than 100 KHz.
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3.k

Resonance Filter Measured Response

The frequency dial calibration of the Resonance Filter was checked

at resonance with low bandwidth at various frequency settings on both
ranges by comparison with a frequency counter, and agreement well with-
in the t 2% specification was obtained.

The bandwidth dial calibration was checked quickly with moderate accur-
acy by setting a fixed signal frequency and tuning both dials to obtain
unity gain and 90-degree phase shift on the oscilloscope. This condi-
tion corresponds to a second-order network with 0.5 of critical damping
tuned to its uatural (undamped) resonant frequency. The expressions
for this relationship are:

0.5 b/,/a2 + b°
2 £ = /ag + b?

When these are solved, the relations given previously yield the results
= f, and f = Bwf"/Z The corresponding damped Q of V3/2 = 0.866
for this chosen te<t condition ic slightly beyond the Q = 1 boundary of
the required tuning range, prov1dlng greater than normal sensitivity to

the bandwidth value. .

The measured settings shown in Table 3 differ from the ideal values by
less than the * 10% bandwidth calibration specification. Measurement
accuracy is limited by the use of the oscilloscope face for the relative
gain and the Lissajous phase-shift pattern.

Table 3. Resonznce Filter Bandwidth Measurements

Signal Dial Measured Setting Ideal Error
Freguency Setting
fs
Hz turns turns 4
2K Bi 1.956 2.00 -2
f 1.71 1.73 -1
1000 B 9.24 10.9 -8
iy 9.00 3.66 L
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3.5 Resonance Filter Maintenance and Calibration

The remarks in Section 2.5 concerning the limited circumstances under
3 which recalibration of the Null Filter might be required also apply
3 ) to the Resonance Filter. .

The following Factory Calibration Procedure utilizes a DC digital vol.t-
3 meter to set 10:1 attenuation ratios within 0.2% accuracy. AC gains
3 should be set to unity within ¥ accuracy, utilizing either an analng
3 or daigital AC voltmeter. Refer to the schematic of Wigure 6

3 Factory Calibration Procedure

1. Check alignment of electrical zero of each BW pot section
referred to its lower terminal, which corresponds to 0.065
turn dial reading. Check electrical zero of each FREQ pot sec-
tion, corresponding to zero dial reading.

2. Check for unity gain magnitude from Il output to I2 output, when
B a 1000 Hz input signal is applied to the unit. Trim I2 input
regsistor or feedback capacitor if necesgsary.

3. Check for unity gain from I2 output to Bl output with 50 Hz input

signal and BW set at 2 KHz. Adjust Bl potenticmeter as needed.

k. Check for unity gain from Bl output to B2 output with BW set at
L.54 ¥Hz. Trim B2 feedback resistor if necessary.

5. Check that the transmission from I2 output to the high end of
the Bl section BW pot falls by 10:1 with low BW range switching.
Remove I2 and apply DC voltage with BW and f at minimum dial

5 settings. Trim 150 ohm resistor if necessary.

6. Check that the transmission from Bl output to the high end of
. the B2 section BW pot falls by 10:1 with low BW range switching.
Remove Bl and apply DC voltage. Trim 120 ohm resistor if
necessary.

: 7. Apply L4000 Hz input signal, set BW to minimum and f to L KHz

E (high range), and vary f dial to find peak response of unit.

E Adjust F2 potentiometer to obtain f = L XHz dial setting for
peak response.

8. Apply 900 H» input signal with B4 set to minimum, set f to
900 Hz (low range), and vary f dial to find peak response.

R Trim 1,0 chm resistor at Fl if necessary to obtain £ = 900 Hz

3 dial setting for peak response.
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